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AUDIO AFFECTS 
Los Angeles 
AUDIO INNOVATORS 
Pittsburgh 
AXENT RECORDERS 
Sydney, Australia 
BROADCAST ASSISTORS 
Los Angeles 
BUCKSKIN 
Los Angeles 
CASTLE SOUND 
Edinburgh, Scotland 
CENTRAL RECORDERS 
Sydney, Australia 
CREAM MUSIC 
Frankfurt. Germany 
DIDECA 
Guatemala City 
GENESIS (Rock band's 
private studio) London 
GOOSEBERRY STUDIOS 
London 
JOHN FOX (Private studio) 
London 
RADIUS STUDIO 
Milan. Italy 
SERI SYSTEMS 
Los Angeles 
STUDIO 19 
Frankfurt, Germany 
STUDIO RAMSES 
Paris 
TONSTUDIO STROHER 
Innsbruck, Austria 
UNIVERSAL STUDIOS 
Johannesburg, South Africa 

This year more studio owners 
bought the Amek Series 2500 
than any other console 
in its price range. 

AMEK SERIES 2500: Four band datented 
parametric EQ, Eleven VCA groups, six 
auxiliary outputs, four mono and one stereo 
auxiliary sends, one mic and two line inputs 
per module, balanced differential amps on all 
inputs and returns, stereo solo in place - with 
or without echo, variable hi and lo pass filters, 
master controls for module functions, equaliza- 
tion and echo to monitor, master automation 
controls, phantom power on and off per 
module, 24 mix bus with odd/even panning. 

AMEK SERIES 2500 

380,000* 
$86,254* Automated $105,000' Auto -Pak automated 
Subject to adjustment for currency exchange fluctuations. 

Call for information and color brochure 

AMEK 
AMEK SYSTEMS AND CONTROLS, LTD. 
Islington Mill, James St. Salford M3 5HW, England 
Phone 061 -834 6747 Telex 668127 

EVERYTHING AUDIO MARTIN AUDIO VIDEO CORP. WESTBROOK AUDIO, INC. FLANNER'S PRO AUDIO 
16055 Ventura Boulevard, Suite 1001 423 West 55th Street 11836 Judd Court, Suite 336 Mayfair Mall, 2500 N. Mayfair Road 

Encino, California 91436 New York, NY 10019 Dallas, Texas 75243 Milwaukee, Wisconsin 53226 
Phone (213) 995 -4175 Telex 651485 Phone (212) 541 -5900 Phone (214) 699 -1203 Phone (414) 259-9665 
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It's The Best Selling 
Professional Tape Machine 

In The World. 
The MX -5050B 

MEE 

r 

Because of quality that delivers 
unmatched reliability. Because 
Otani designed this machine to 

go to work- overtime. Because it 
offers the performance and features 
of machines which cost more than 
twice as much. Because of ingenious 
production technology and intelligent 
design decisions from the manufac- 
turer of the most comprehensive line 
of professional tape machines in the 
world. 

All this comes for less than $2500. 
The Otani 5050B can ease your 

production burdens while assuring . 

your banker its return on investment. 
You can also avoid the hassles of a 
used or rebuilt machine with The New 
Workhorse. 

Its a tough act to follow -but we're 
doing it. Keep in touch and check out 
the 5050B at your nearest dealer. 

Dollars for dB's, its the best tape 
recorder made. 

The New Workhorse 

CHER 

for additional information circle no. 1 

Otan Corporation 
1559 Industrial Road 
San Carlos. CA 94070 
(415) 592-8311 

In Canada 
BSR (Canada. LTD ) 

PO Box 7003 
Station B 

Rexdale. Ontario M9V 4B3 
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United /Western Studios a gi 

September 23, 1980 

company 

Quite frankly, studios that succeed in the 80's 
will have to be sensitive, more than in the past, to 
the desires and requirements of clients. Nothing new 
about this, of course, but as producers, engineers and 
artists become more aware of what can or can't be done 
with certain mixing consoles, the line of selectivity 
becomes vividly drawn. 

As a studio manager, facing the decision of 
whether or not to update and purchase a new mixing 
desk presented me with a number of challenging ques- 
tions. 

"Which console will enhance the needs of present 
clients ?" 

"What manufacturer offers the field support we 
must have and what is the historical consistency of 
their back -up ?" 

"Will our volume increase be soon and sufficient 
to justify such a high impact expenditure ?" 

"Which board best translates practicality into 
mystic and, by reputation, brings in the producers who 
spend the big bucks ?" 

At United /Western we found one answer to all 
these questions...the 8108 with Necam! 

We decided that we had a NEED FOR A NEVE: 

Three days after the commitment to purchase the 
8108 was signed, the studio in which it was to be in- 
stalled was booked ahead for a full year...guaranteed!! 

Any further questions? 

/Terry Barnes 
Vice -Pres. Recording 
United Recording Corp. 
Hollywood, California 

6050 SUNSET BOULEVARD I HOLLYWOOD, CALIFORNIA 90028 I (213) 469 -3983 
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Thank You 
United /Western Studios, 

for your confidence in Neve and 

our Model 81 Q4525&uith.NE^It . 

Rupert Neve In 
Rupert Neve In I ' 

Rupert N 
Rupert Neve of Can . 

Neve Electronics Internation 
Rupert Nove G 

Berkshire Industrial Park, Bethel, Connecticut 06h$Tee(203)7 *6230 Tel... .38 
7533 Sunset Blvd . Hollywood, California 90046 el (213)874 -8124 Telex I ' 

Wed P 0 Box 120907, Nashville. Tennessee 372 Tel: (615)3852090 
721 Rena Road, Malton. Ontario L4T 3K1. Canada Tel 4:6)677661 1 Tire 983 
Cambridge House. Melbourn. Royston. Hertfordshire. SG86AU England 1 (0763)60 
6),r r permstadt Btsmarckstrasse 114 West Germany Tel (06151)81764 \ e1 
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WOO. IN 
ENO/nEER PRODUCER 

- the magazine to exclusively serve the 
RECORDING STUDIO and CONCERT SOUND 
markets . all those whose work involves 
the recording or producing of commercially 
marketable audio. 

- the magazine produced to relate the audio 
ART ... to the audio SCIENCE ... to audio 
EQUIPMENT. 

Editor /Publisher MARTIN GALLAY 
Editor at Large MEL LAMBERT 
Consulting Editors PETER BUTT 

PATRICK MALONEY 
MARTIN POLON 

Staff Illustrator .... HOLLY FERGUSON 
Operations Manager . D KEITH LARKIN 
Business Manager V.L. GAFFNEY 
Advertising Service 

Manager PATTY COLLINS 
Circulation Manager BOB PETERSON 

0 

"RECORDING Engineer /Producer" 
(USPS) 768 -840) 

is published six times a year by GALLAY 
COMMUNICATIONS, INC.. 1850 N Whit- 
ley Avenue. Hollywood. California 90028. 
and is sent to qualified recipients in the 
United States. One year (six issues) sub- 
scriptions for other than qualified individ- 
uals and companies may be purchased at 
the following rates: 

United States(Surface Mail) 
United States(First Class) 
Canada 
Foreign 

$15.00 
$20.00 
$20.00 
$25.00 

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

RECORDING Engineer, Producer is not 
responsible for any claim made by any 
person based on the publication by RE- 
CORDING Engineer' Producer of material 
submitted for publicat.on. 

Material appearing in RECORDING En- 
gineer Producer may not be reproduced 
without written permission of the pub- 
lisher. 

Controlled Circulation Postage 
paid at 

Lot Angeles. California 

Postmaster: Send form 3579 for 
address correction to 

RECORDING Engineer /Producer 
P.O. Box 2449 

Hollywood, California 90028 
(213) 467 -1111 

December 1980 
Volume 11 - Number 6 

- Contents - 
Studio /Record Production: 

Urban Cowboy, The Charlie Daniels Band, 
Boston, Little River Band ... JOHN BOYLAN ... his obstetric art of getting the best 

performance from the artist .. . 

by Robert Carr - page 26 
Acoustics and Studio Construction: 
NOISE LEVEL BUILD -UP RELATIVE TO REFLECTIVITY 

Control room design to minimize mechanical equipment 
noise .. . 

by Michael Rettinger - page 42 
P.C.M. Recording: 

THE DIGITAL RECORDING SCIENCE 
. a comprehensive introduction to digital 

recording ... comparative analog/digital parameters ... digital recording requirements . . . 

by Daniel Gravereaux - page 44 

Concert Sound Reinforcement: 
TIME ALIGNMENT OF SOUND 

REINFORCEMENT EQUIPMENT . 

by Patrick Maloney - page 52 
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Upgrading Console Performance with Jensen 990 
Discrete Op -Amps, by Bart Johnson - page 70 
Programmable Toggle Mute Switches for Harrison 4032 
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(M79 Logic Anomalies, by Peter Butt - page 78) 
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Letters - page 8 Views: Stress 
In the Recording Studio, by 
Howard and Marilyn Davidson - 
page 14 Studio Update - page 
18 Soundman's Guide To 
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page 65. New Products - page 85 

Book Review: Sound Recording 
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Boshears - page 101 Classified 
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- The Cover ... through the control room window ... Spectrum Studios, 
Venice, California ... and this is the view from their front door. Photography by 
engineer /producer Michael Boshears. 
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In the Swiss tradition of meticulous precision and matchless craftsmanship, 
the STUDER A800 represents the ultimate achievement in multichannel tape recording. 

It is a system designed and engineered to complement the competent professional. 

INIMITABLE QUALITY- IMPECCABLE PERFORMANCE 
UNQUESTIONABLY STUDER! 
The A800 embodies all the technical sophistication and total du- 

rability you expect from STUDER; a company whose name is syn- 
onymous with reliability and functional innovation. For example, the 
A800 was the first machine to utilize micro -processor control of all 
critical transport and electronic functions, and employs STUDER de- 
veloped servo- controls over both tape tension and capstan speeds. 

The total A800 system includes a remote command unit contain- 
ing a total -function audio remote control, a 20 address memory 
auto-locator, the Tape Lock System 2000 Programmer, capstan variable - 

speed control and SMPTE code channel remote selector, all under 
micro -processor control. 

And as usual with STUDER equipment, the A800 includes no 
unnecessary features; it doesn't tell you what you don't need to know. 

STUDER has established a multitrack record, having pioneered 
most of the functional innovative features found in multitrack re- 

corders today. STUDER remains the standard -setter for the entire 
industry, producing a steady succession of technological break- 
throughs. 

The A800 is another one. 
UNQUESTIONABLY STUDER! 

STUDER 
Studer Revox America, Inc. 1425 Elm Hill Pike, Nashville, TN 37210 (615) 254 -5651 

Offices: Los Angeles (213) 780-4234/New York (212) 255 -4462 Canada: Studer Revox Canada, Ltd . 

for additional information circle no. 2 
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 JOHN LENNON 
1940 -1980 

,: The evolution that John Lennon personally underwent was nothing short of remarkable. `. 
He pulled himself up by his bootstraps, totally transcending a background that should 
have been limiting and could very well have been totally stultifying. Much of this history is 
now well known. In those early days John Lennon did, indeed, experience great pain, and :: 
was very much at odds with the world. 

By the seventies John Lennon transformed himself into a noted humanitarian as well 
as a philosopher. His perspective became worldwide - he promoted world unity; 
concepts like equality under the law for all groups of people, love, peace, and alternatives 
to war. John had become one of the world's most visable pacifists over the past two .. 

decades. 
John Lennon was unquestionably one of the world's most inspired artists, and one of : 

its most beloved individuals. He was a leader, a natural -born king, a valuable role model in : 

a world already half -mad with greed, fear, dishonesty and violence. 

John Lennon was a very important person. 

: As record makers, The Beatles were obviously in a class by themselves. In light of the 
quality, diversity, and originality of their work, it is safe to say shay are the finest recording 
artists seen, so far. The Beatles were unusual in excelling in both content and forni. ' Lennon and McCartney are already the most successful songwriters in the history of 
popular music, and perhaps the most respected. "Yesterday" and "Michelle" (both : 

t comparatively young songs) are already the two most covered songs ever, with more 
than a thousand recordings by other artists. 

The Beatles had exceptional appreciation of form. Not just instrumentation and 
arrangement, but of recording technique as well. They, along with George Martin and 
Geoff Emerick, challenged not only the rules, hut the very philosophy of recording. Thes fi 

. . continued overleaf - c 
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(312) 339 -8014 in the Pebblewood Plaza 

December 1980 R -e p 

from David Baskind 
B & B Audio 
Malibu, CA 

In the October 1980 issue of R -e /p, I wrote 
a short piece about Interface Induced 
Transient Distortion. It has since been 
brought to my attention that the theoretical 
reasoning in that discussion was incorrect. 
Below is a more thorough (and correct) 
discussion of the phenomena. 

The gain of any amplifier will depend on 
individual stage gain and overall feedback 
topology, plus the feedback component 
value. Precisely predictable gain and 
frequency response, totally independent of 
individual stage characteristics, is achieved 
typically by the use of overall negative 
feedback. 

Consider the topology of Figure 1, in which 
an amplifier with a nominal (open loop) gain 
of G has its output driving the inverting input 
through a network with loss factor L. 

FEEDBACK 
NETWORK 

Figure I: Typical amplifier topology with a 
lour -terminal feedback network. 

The network loss, L, multiplied by the 
output voltage, V, is equal to the feedback 
voltage, V,, which opposes the flow of the 
input source voltage, V,. The net input 
voltage to the amplifier, V,, is thus (V, - V, ). 

This is amplified by the open loop gain, G, so 
that the output voltage, V,,, becomes: 

V = G (V,-V1) 
or 

V = G (V,-L V) Equation 1 

Transposing Equation 1, we obtain: 

(I + LG) V = GV, 

The closed loop gain, A, is therefore: 

A = V /V, = G /(1 + CO) Equation 2 

For conditions in which the product (CG) is 
much greater than I, Equation 2 reduces to: 

A = I/L 

In addition to constant gain systems, 
negative feedback can be used (or may cause) 
non -flat frequency response. 

In general, the frequency response of a 
negative feedback amplifier isa mirror image 
of its feedback network's "stand alone 
response. Simple examples of typical 
topologies are shown in Figures 2, 3 and 4. 

In the real world, amplifiers have non -flat 
open loop response (see Figure 5), and non- 
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The Tascam 16-Track System. 

All this for 
the price 

If you don't need of a 2 -inch 
2 -inch compatibility or 
24 tracks, you dot-it 
have to pay the price for 
expensive 2 -inch hardware. 

Instead, you can own the heart of a 
16 -track studio. 

The Tascam Model 15 Mixer. 24 -in 
8 -out 16 -track monitor with a compre- 
hensive cue system that can be fed 
simultaneously by 48 signals. 

The Tascam 85 -16 Recorder/ 
Reproducer. A 1 -inch transport with 
16 -track integral dbx.* 

recorder. 

'dbx is a registered trademark of dbx inc. 

Chair not included 

And the Tascam 35- 
2B Mastering Recorder. 
A 1/4 -inch 2 -track with 
integral dbx. 

With this Tascam 16 -track system, 
you'll get professional sound at an 
affordable price. And because it's all new 
equipment, you save even more with tax 
credit potentials. 

Write to us today for the name of 
your nearest authorized Tascam dealer. 
He'll show you how a Tascam 16 -track 
system can fit your studio needs and 
your budget. TASCAM 

TEAC Production Products Group 
c 1980 TEAC Corporation of America. 7733 Telegraph Road. Montebello, CA 90640 

R -e /p 11 D December 1980 
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ASIDrif MM-1 Ni.m. ow. 'warn lubww. 
WHERE GREAT STUDIOS START. 

Select your multitrack recorder as carefully as the other 
facets of your studio. Select the Ampex MM -1200. 
Because its the one multitrack recorder that can go 
through every change your studio goes through on its 
way to greatness. And still be as economical and easy 
to operate as the first great day you got it. 

Growth without growing pains. With the MM -1200, 
you'll seldom be faced with a situation you can't solve. 
Because the MM -1200 comes prewired to make upgrad- 
ing from 8 to 16, or 16 to 24 -track operation simple and 
swift. And if adding channels won't solve your problem, 
the MM- 1200's versatility will. Mastering, live sound rein- 

forcement, double system sound. video sweetening 
or film and TV production /post production are all jobs 
that the MM -1200 can handle. Built -in single point 
search -to-cue, elevated record level capability, 16" reel 
capacity and fast start times also help you grow. 

Performance you can depend on. The MM -1200 has 
proven itself under some of the most adverse conditions. 
The massive, stable top plate comes aligned and stays 
aligned ... through repeated sessions in the comforts of 
the studio, or on remote locations. 

Ampex keeps your options open. The list of optional 
accessories for the MM -1200 is the longest in the busi- 

for additional information circle no. 5 

ness. You can add multi -point search -to-cue and store 
20 cue locations. This time -saving tape handling acces- 
sory provides tape time readout, cue point readout, 
"on- the -fly" cueing and more. Other accessories include 
the PURC" Record Insert Controller, Search -To- 
Cue Remote Control, and MSO -100 Synchronizer for jobs 
that require more than 24 tracks. Contact your Ampex 
sales representative for complete details. 

AMPEX MAKES IT EXCITING /N{i 
Ampex Corporation, Audio -Video Systems Division 
401 Broadway. Redwood City, CA 94063 415/367 -2011 
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Figure 2 v. J 

FREQUENCY FREQUENCY 

Figure 3 

v. 

Figure 4 

FREQUENCY 

A 

FREOU 

A 

FREQUENCY 

Figure 2: Network and feedback characteristics of a simple two -resistor feedback circuit. 

Figure 3: As Figure 2, but with a different feedback topology. 

Figure 4: As Figure 2, but with another feedback topology 

linear output impedances, which may be VI = L, L2 V. 
simulated by resistor -shunted inductors 
(Figure 6). and the effective gain: 

Both of the above characteristics must be 

considered when interfacing an amplifier. A' = I /(L, t:) 
As an example, we shall now consider the 

case of a power amplifier driving a The voltage appearing at the speaker, 
loudspeaker. A simplified model of the however, is: 

resulting total feedback network is shown in 
Figure 7. L is the effective amplifier output Vol, or A V,s /IL, L:) 
inductance, R, the effective amplifier output 
resistance, C the load cable capacitance, R: which is simply Vs /L:, or (R ,+11,)/R. 
the effective loudspeaker impedance, R, the multiplied by V. 
amplifier feedback resistance, and R, the Which is misleading, however, unless one 
inverting input shunt resistor. takes into account the fact that the source 

For simplification, the losses generated by signal is delayed by the L and C components 
resistors R, and RAC)) been broken down as in the feedback loop, causing phase 
one section, and those generated by R,, R :, C distortion of the output signal. 
and L(C1) as a second section. This phenomena may be predicted 

The feedback voltage is then: mathematically by Laplace Transform 

j JOHN LENNON 
1940 -1980 ä : 

founded the painting school of record production, where there is nothing inherently 
correct or desirable about an instrument's natural tone - it being merely the starting 

r point - and any and all techniques and tools can be applied without stigma, toward t 
.;. creating new sounds. 
;} John Lennon led the charge as far as experimentation went, and if anyone should be ti 
: called The Father ofPainting ", it is he. It was his notion that every track should have its : 
ÿown sound, and thus be treated differently. He would regularly ask George Martin to 
4 cook up some new effect to make his voice sound like somebody else's. Early tracks, : 

jsuch as "Rain ", "She Said, She Said ", and "Tomorrow Never Knows ", brought to the fore 
.? unnatural textures, backward tracks, strange sound effects, and bent vocals. In so doing 
> he and the Beatles ushered in recording's most fertile era. The Beatles generated 4 
3 technology - most notably ADT ( cum: phasing), and arguably, multitrack recording itself. 

{: 

:! In 1967 John Lennon prophesied 64 -track recording. 

Because The Beatles recorded almost exclusively in England, and the fact that John 
} Lennon was inactive during the latter half of the Seventies, not many in the American . 
ÿ recording industry had the opportunity to spend much time with John. 1 count myself {. 
4 among the privileged few who did. The occasion in April of 1974 was two days of 

recording for Harry Nilsson's "Pussycats" LP, at the Burbank Studios. John Lennon was 4 
iproducing, Roy Cicala engineering, and Jimmy lovine seconding. 
,y A renowned cast of players was assembled: Danny Kootch and Jesse Ed Davis on fi 
: guitars, the reclusive Klaus Voorman on bass, Jane Getz on keyboards, and horn men 4 
} Bobby Keys, Chuck Finley, Jim Horn, and Trevor Lawrence. Rounding out the team 

: were three drummers - Ringo, Jim Keltner, and the late Keith Moon. 
1 was impressed the moment Lennon arrived. He was dressed in flared jeans and a y. 

psimple t- shirt. He looked the proper post- "Pepper" Beatle with short hair and granny 

} specs. He seemed in good health and excellent spirits, even though this was during his C. 

} "lost weekend" - the 18 month separation from Yoko - during which he was 

desperately unhappy, and drinking to excess. ... continued overleaf - 4 
: 44444M4444444Mß4:+.?44+}Dfifi4t M: 44Mú?+4S?S+b}O44fi+M"rnr... .:.:.:. 

90dB 

G 

O ,IH 

1 kHz 10 MHz 
FREQUENCY 

Figure 5: 

Typical open -loop response of an 
NE5534 operational amplifier. 

FREQUENCY 

Figure 6: Output impedance as a function of 
frequency (or a simple resistor- shunted 

inductor. 

Figure 7: A simplified model of a feedback 
network representing a power amplifier 

driving a loudspeaker load. 

techniques. Since the process is somewhat 
involved, we will refer the reader to textbooks 
on the procedure, which runs as follows: 

1 - Writing the network characteristics in 
Laplacian form. 

2 - Algebraically separating the real and 
imaginary mathematical parts. 

3 - Calculating the Arctan (imaginary/ 
real part) to determine the phase angle at 
various frequencies. 

The physical effect can easily be seen by 
monitoring across a loudspeaker with an 
oscilloscope while sending a square wave 
into the amplifier input. Typical results seen 
on the scope screen will be transient 
distortion in the form of overshoot and 
sometimes ringing. 

from: Bruce Mallion 
Stoneham, MA 

Since Altec closed its microphone 
department some years ago, we have been 
unable to obtain service. Somewhere in 
Southern California there must be a former 
Altec employee or service shop that can 
service relics such as the 21D condenser. 

Does any R -e /p reader know where or to 
whom I can go for parts or service on the 
Altec 21D? Responses desired by Bruce 
Mallion; collect calls received at (617) 899- 
3250. 

R -e /p 13 0 December 1980 
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STRESS 
IN THE 

RECORDING STUDIO 

by Marilyn Davison 
and Howard J. Davison 

A certain amount of stress is vital during the 
creative process of recording. However, 
when it gets so bad that you can't sleep 

nights, then's the time to possibly examine 
your work situation .. . 

Case Study - Maintenance 
Engineer, Aged 29 Years, Married 

P. works a shift pattern of, on average, 12 
hours on, 12 hours off. This is often 
disrupted, however, and he frequently 
works 18 -hours shifts with little time 
between them. He travels to and from work 
by car. The distance is 30 miles on a heavy 
traffic route that for the past four years has 

the authors - 
Until recently Howard J. Davison was 

Senior Lecturer in Electronic Music, Music 
Technology, and Composition at the 
Queensland Conservatorium of Music, 
Brisbane, Australia. He has produced 
and /or recorded a number of albums, and 
written several articles on the recording 
scene in Australia. He is now living in the 
U.K., working as a free -lance composer. 

Marilyn J. Davidson, M.A., has been 
researching the area of occupational stress 
for the past five years, and is author of over 
a dozen papers on the subject. She is 
currently continuing her research at the 
University of Manchester Institute of 
Science and Technology, England. 

been under repair and reconstruction, 
causing long delays. The journey time takes 
approximately an hour. The London studio 
at which he works is very modern and well 
equipped. The bulk of studio time is session 
album work and mainly New Wave. 
Engineers tend to be aggressive and 
demand high standards of maintenance. P. 
has been responsible for the coordination of 
both construction and equipping of the 
studio; on its completion he was hoping for 
the position of studio manager, for which he 
is well qualified. Instead he was offered the 
post of third maintenance engineer. Since 
that time he has been passed over for 
promotion many times. He is non - 

aggressive, diligent, and believes the studio 
cannot run efficiently without him; he is very 
good at his job. His wife, who also pursues a 
career, is on Valium, cannot sleep, and is 
generally in a state of permanent dissatis- 
faction. The couple no longer receive 
invitations to social events and engage- 
ments, as they were often broken. They do 
not have many friends and consequently 
cannot turn to them for help, understanding 
and advice. Recently both haue visited their 
doctor, who advised P. that his future was in 
Intensive Care in two years if he kept up the 
same work pattern. P. admits, when 
questioned, to feeling in a permanent state 
of jet lag: his work situation is a source of 
great stress. Bands that frequent the studios 
haue numerous non - musical habits, and the 
maintenance workshop seems to be a place 
of sanctuary for engineers, in which to 
dissipate their built -up aggression and 
frustration. This is usually directed at 
anyone who happens to be in the workshop. 
P, however, on the advice of a career 
consultant, decided his only choice was to 
get out. He began to work at home, and 
then left the organization altogether to 
move to a more relaxed work environment, 
in a different, but related, area. 

JOHN LENNON 
4. 1940-1980 

Roy Cicala introduced us. John showed no signs of his volatility. He was warm, witty, 
humble - everything that I wanted him to be. 

But, he was no pushover as a producer. On one of the nights they got two basic tracks: 
"Rock Around The Clock" (plus a sub -one -minute goof version that was eventually 
included on the album as well), and the old Johnny Thunder chestnut, "Loop de Loop ". 
Being primarily an artist (much less one of cosmic inclinations), I expected John to be 
inattentive to detail, unduly partial to feefing over technique, and go no more than a few 

x takes. I couldn't have been more wrong! He was hard to please, and egged the band on 
with lusty cries, "... pick it up, pick it up!" They went through 18 and 15 takes 
respectively, until he was satisfied. 

The legendary Lennon humor was very much in evidence. A brief anecdote: 
:. A motley assemblage of musicians, roadies, girlfriends, and hangers -on had gathered in 

the studio for background vocals and clapping on "Loop de Loop". 1 was out there with 
them having been inveigled to join by Ringo (one of many kind gestures he and Madman 

;:: Moon extended). We were not the best of singers, surely, but that was okay as the song 
called for a loose, rowdy, a party kind of background vocal sound; where it's the spirit of 
the thing that counts. So there we were, with Nilsson conducting and jiving up front. The 
group couldn't seem to keep time clapping (a joint reflection not only of the non- : musicians in the bunch, but also the beer), so John suggested we drop the clapping and 
concentrate on singing. The third take was the one. "Tha's great ", came John's voice f over the talkback. it sounds jus' like a whale singin ". 

} John Lennon was very much alive, very much awake, and accomplished much. The grim 
ti and senseless manner of his death can't help but underscore his life and his messages: , quality, equality, love, truth. Perhaps even more important, he made people aware that 

there are other possiblilities, always alternatives. He taught people to question - 
,r, question everything! John Lennon didn't say it, but he could have: Beat least as careful 
'} of used ideas as you are of used cars ". 

De( emhe>r I9S(I p 11 

We all live with stress. In fact, without a 
certain amount of stress we would become 
understimulated, bored, and - ultimately - 
"stressed!" Nevertheless, as individuals we have 
optimal levels whereby we are able to cope with 
a number of noxious variables and events, 
known as stressors, and it is when this delicate 
balance is upset that harmful stress results. 
Much research has been done in the 50 years 
regarding the social and cultural factors related 
to stress. There is much evidence suggesting 
that the more affluent societies, including the 
USA and Britain, have higher incidences of 
chronic stress -related diseases - such a 
coronary heart disease - than do less affluent 
societies. 

As well as societal influences, extensive 
research strongly indicates that job stress 
contributes to poor physical and mental health, 
plus other stress -induced behaviors such as 
alcoholism, excessive smoking, high divorce 
rates, drug abuse and even suicide. In fact, 
certain specific occupations - for example, 
police, air traffic controllers, and dentists - 
have been isolated as high -stress occupations, 
in which employees are highly susceptible to 
developing stress -induced maladies. We believe 
that the job of recording studio personnel, 
particularly studio engineers, is yet another high 
risk occupation in terms of work- related stress. 

The true case study of P. is by no means 
atypical. However, his ultimate coping strategy - quitting the job - is surely not the only 
alternative. By presenting evidence of potential 
high stress factors that may be faced by an 
engineer in the studio environment, we hope 
that this article will enable studio personnel at all 
levels to become more aware of these potential 
hazards. And hence be more alert in facilitating 
suitable strategies for coping with them. 

While our reference to the stressors inherent 
in studio professions are subjective in nature (to 
date we are unaware of any specific study 
investigating this group, excepting a study 
carried out by Edward R. Kealy), we have 
structured our review to the following major 
stress sources that previous occupational stress 
research has isolated: 

A) Factors intrinsic to the job 
B) Role in organization 
C) Career development 
D) Relationships at work 
E) Organizational Structure 
F) Health factors 
G) Effects on social and family life 
H) Stress and individual differences 

A) Factors Intrinsic To The Job 
Sources of intrinsic stress for a variety of 

occupations include poor working conditions, 
shift work, dissatisfaction with equipment, job 
overload and underload, and physical danger. 

Physical Working Conditions: Poor and 
inadequate working conditions have been found 
to induce frustration, impair work performance 
and enhance job dissatisfaction. Studies by 
social scientists have indicated that enclosed 
and isolated work environments contribute 
significantly to feelings of isolation, time 
distortion, heightened emotional responses, 
and intensified inter -personal relationships. In 
fact, the soundproofed, windowless, "behind - 
closed- doors" environment of a studio is 
perhaps more suited to encounter -group 
therapy than music recording. However, with 
the development over the last decade of 
acoustic /aesthetic design concepts, working 
conditions have improved enormously. The 
modern notion of a comfortable and tastefully 
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Incred b I 
the "Acoustic Chamber Synthesizer'.' 

the XL -305 
by 

Totally new design approach 

The sound of a live acoustic chamber 

Natural sound, even on percussion 

Self- contained rack mount unit 

Full two- channel stereo 

6[/5 I 
TM 

The Master Room XL -305 is a totally new design approach in reverberation technology. For the first time, the 
qualities and properties of a live acoustic chamber are available in a rack mount unit at an affordable price. 
There is a natural sound on percussion, as well as voices and all other musical instruments. This quality has not 
been obtainable from other compact reverberation devices. The XL -305 exhibits no unwanted side effects; it's 
as natural as a live chamber itself. 

To hear this new advancement in reverberation, see your professional audio dealer and ask for a demonstration 
of this exciting new unit. Hear the XL -305 "Acoustic Chamber Synthesizer" for yourself, and you too will agree .. 
It's INCREDIBLE. 

2995 Ladybird Lane 

MICMIX Audio Products, Inc. 

Dallas, Texas 75220 
for additional Information circle no. 6 

(214) 352 -3811 
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STRESS in the 
RECORDING 
STUDIO 

decorated studio (some of which now 
incorporate windows), together with state -of- 
the -art equipment ergonomically arranged in a 
total design, means that both engineer /produ- 
cer and artist can work in relative comfort for 
long periods without fatigue. And if other 
amenities exist, such as game rooms, showers, 
sleeping and cooking facilities, so much the 
better. 

But not all of us work under such conditions. 
What of the other, more common, situations 
found in smaller studios, mobiles, 0/B units, 
location recording, TV and radio? Very long 
hours spent in smaller mobiles can be extremely 
tiresome. High concentration levels are 
necessitated by live recording - usually after 
the arduous process of setting up, sound 
checks, equipment checks, fault-finding and 
repair, and other assorted headaches. Location 
recording in small, drafty, and often acoustically 
imperfect rooms, can stretch patience and lead 
to anxiety. Again concentration levels are high 
since most recording done under these 
circumstances is either a chamber, orchestral or 
operatic performance, and therefore both 
expensive and demanding. Hours spent 
closeted in minute spaces at the end of a vision 
0/B truck is no fun. Good sound is more often 
than not achieved (and ignored by directors) in 
acoustic conditions that can be equated, for 
example, with vision mixing in the open air with 
the sun behind you. 

Equipment: In jobs such as studio engineer- 
ing, where the quality of work is very dependent 
on efficient and proper maintenance, equipment 
reliability is very important. Complex studio 
hardware can be and frequently is a problem, 
not only because of reliability but also in terms of 
the level of technology. Much has been written 
on the effects of automation and the workforce. 
In most industries the feeling is that automation 
means less jobs; in music recording, however, 
automation is rapidly gaining acceptance. 
Engineers, artists, and producers alike, all see 
automation as a time -saving and musically 
beneficial aid that can and, in some cases does, 
lead to a better end result. But the high degree of 
automation and sophistication employed in 
some studios may result in job "underload;" 
more of that later. 

Equipment is becoming more and more 
complex, as new ideas, concepts, technology, 
and techniques are developed. Studio hardware 
is constantly being renewed and updated as new 
products come onto the market and, as is often 
the case, equipment will be installed that neither 
the engineer nor the maintenance staff have had 
time to properly evaluate or explore. 
Subsequent frustration, misuse, and wrongful 
operation can result in equipment gaining a bad 
reputation through no fault of either the 
engineer or the manufacturer. 

The need to finish a session on time, to bring 
in an album on time, to finish a show on 
schedule; all are becoming more and more 
important. Breakdowns through equipment 
failure can cause severe delays, resulting in not 
only embarrassment and a significant risk of 
future work, but also severe pressures on studio 
staff to rectify the fault quickly and efficiently. 
Producers and artists can also suffer: a break in 
the creative chain of thought, loss of impetus, 
getting behind schedule, increased financial 
expense, and so on. Obviously, this kind of 
scenario is not conducive to good work. The not 
so evident inferiority complex of the artist, often 
hidden behind various crutches, can suddenly 

December 1980 R -e /p 16 

emerge in such circumstances - with 
sometimes disasterous results. 

Shiftwork: Numerous occupational studies 
have found that shiftwork is a common 
occupational stressor, and can affect 
neurophysiological rhythm - blood tempera- 
ture, blood sugar levels, metabolic rate, work 
motivation and mental efficiency - which may 
ultimately result in stress -related disease. 
However, shiftwork becomes physically less 
stressful as individuals habituate to the 
condition. Nevertheless, the long hours and 
shifts that are now part of studio life can cause 
significant problems. By virtue of its flexibility, 
multitrack recording is a cost -effective method 
of working, saving time and money for artists 
and recording companies. However, whereas 
the various artists involved do not necessarily 
have to be brought together for the recording, 
the producer and engineer are always required 
to be in attendance. In a recent interview (R -e /p, 
January 1979 issue, Vol. 10, No. 1) leading 
producer George Martin was asked: "Why do 
you think there is such a difference between 
English and American engineers ?" 

To which Martin responded: "1 think there are 
different pressures on English engineers. They 
are not well paid ... while on the other hand 1 

don't think they have the internal pressure that 
American engineers face. Here in theStates we 
seem to grind the engineers into the dust, and 
expect them to be there the following morning 
at 8:00 a.m. when they have just finished a 
session at 4:00 a.m. They're expected to work 
'round the clock, and weekends are an 
automatic rule. You question one of them here: 
'What do you mean you didn't haue a holiday 
this year ?', and he'll answer, 'I haven't had a 
whole day for the past five years.' I think we 
treat engineers a bit more humanely in the UK, 
even if we do pay them worse." 

This type of extended shiftwork not only 
disrupts an engineer's family /social life and 
health, but can also affect job performance, 
especially when suffering from gross fatigue due 
to the inability to sleep during the day. A feeling 
of exclusion and separation from society and 
family or social life is a common feeling among 
studio personnel subjected to erratic shiftwork. 
Often not enough time can be allowed to adjust 
to normal daytime working, unlike other 
industries where adjustment periods are 
enforced. 

Physical Danger: Although the threat of 
physical danger in the studio environment is not 
as much of a problem as it is for other 
occupations (such as mine workers, firemen 
and police), studios have their own physical 
dangers. Apart from electrocution, falling 
microphone stands, plus hernias and back 
trouble through lifting heavy equipment, the 
most apparent danger lies in the often 
expressed and frequently disregarded warnings 
of high sound -pressure levels (SPL) in the 
studio. This is a true source of danger, yet 
engineers repeatedly ignore the evidence at 
their peril. In most cases an engineer is 
complying with a request to "turn it up," and 
there is not much he or she can do about it. It is a 
cause for concern that a common remedy is to 
reach for the aspirin, and not the level control. 

Job Overload and Underload: Work 
overload can be seen as being either qualitative 
(i.e., too difficult) or quantitative (i.e., too 
much), and has been associated with poor job 
performance, excessive cigarette smoking, and 
other stress -related symptoms such as escapist 
drinking, lowered self- esteem, and low work 
motivation. Job underoad on the other hand 
has been associated with routine, repetitive and - continued on page 112.. . 

U.S. Dealers: 
AUDIO ARCHITECTS, Nashville, TN 

AUDIO TECHNIQUES, Stamford, CT 
EVERYTHING AUDIO, Encino, CA 

MARTIN AUDIO, New York, NY 

MUSIC TECHNOLOGY, Long Island, NY 

P.R.S., Boston, MA 

THE PROVISION CO., Los Angeles, CA 
SOUND GENESIS, San Francisco, CA 

WESTBROOK AUDIO, Dallas, TX 

1187 UNITS SOLD WORLDWIDE 
IN ONE YEAR! 

AEG TELEFUNKEN, Italy 

COMMERCIAL ELECTRONICS, 
Vancouver, Canada 

GIGA SONIC, Hong Kong 

GEORGIE DANN, Spain 

HANNO STROHER, Austria 
HAUSMANN CONCERT 

ELECTRONIC, West Germany 

KAWAMURA ELECTRICAL LAB, 
Japan 

KECK ELECTRONIC, Switzerland 

STE PAJAC, Switzerland 

T.E.M., Belgium 

ETC., ETC., ETC., ETC., ETC. 

SOME OF THOSE WHO HAVE 
USED THE DHM 89 B 2 

ABBA, Gilbert Becaud, Boney M, 
Julien Clerc, Georgia Dann, Diane 

DuFresne, Jean Michel Jarre, Patrick 
Juvet, Kraftwerk, Bernard Lavillier, 
John Lennon, Olivia Newton -John, 
Allan Parsons, The Pretenders, The 
Rockets, Sheila, Stevie Wonder, Led 

Zeppelin, Etc., Etc. 

A FEW STUDIOS AND 
BROADCAST STATIONS USING 

THE DHM 89 B2 
SIGMA SOUND, New York 

POWER STATION, New York 

SOUND 80, Minneapolis 

ELECTRIC LADY, New York 

HIT FACTORY, New York 

PARK SOUTH STUDIO, New York 

C.B.E., France 

DAVOUT, France 

SOUTHWEST SOUND STUDIOS, 
England 

MOUNTAIN RECORDING STUDIOS, 
England 

HANSA RECORDING, West Germany 
POLAR MUSIC, Sweden 

NOS RADIO, Holland 

EUROPE NO. 1, France 

FRENCH TELEVISION 1, France 
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Memory capacity : 

210.000 bits. 
Bandwidth : 

switchable l O or 20 KHz. True dyna- 
mic range : 95 dB. 

Dual digital delay : 

continuous setting up to 1 , 2 s. on 
option up to 5 s. 
Dual echo: 
(up to 5 s. of repeat). 

Dual pitch shifting : 
From - 2 to + 1 octave. 
Sophisticated Micro Computer ope- 
rates phase coincidence of joining 
points and eliminates glitches.. The 
serial delay in pitch shifting mode is 

adjustable. 
Dual automatic arpeggio : 

is a pitch, increasing or decreasing 
echo. 

Dual reversed sound : 

Electronic equivalent of a magnetic 
tape a ring reversed. Reversed sound 
itself can be pitch -shifted. 

Dual memory latch mode : 
Memorized sound can repeat indefi- 
nitely. The two borders of repeating 
sound are continuously selectable, 
as wel as reading sense and pitch ratio. 

- -F 
a--.FF 1:- 

KB 2000 is an external programming 
unit for the DHM 8982, and transforms 
it into a musical instrument it allows : 

Three voice chorus : 

(Including original sound). 
Reverse synchronisation 
Which gives to reversed sound the 
same tempo as original. 
Biphonic memory synthesizer : 

Any existing sound, supplied by a tape 
recorder or by a microphone, is me- 
morised in DHM by simply depressing 
the memory latch. button. Then the 
KB 2000 synchronises memory reading 

with attacks of the notes. 'Attack 
point. sets the part of the sound which 
is heard at beginning of the note, 
.End point and Return point. choo- 
se the sustained sound. The speed of 
reading is adjustable. 
Two envelope generators : 

Drive two VCA to control the envelope 
of the notes. 
Dual evolving vibrato : 

Three basic parameters : frequency. 
sharpness and depth are modulated 

for additional information circle no. 7 

function to time by a form generator 
initialised by attacks of the notes. 
Trimmer : 

For fine tune. 
Glissando time and sustain/push-ploy : 

Selection are added possibilities which 
operates on all precedent modes. 

1 5 7,9,11 me Crespin du Gast 75011 PAWS 
Télex 250 303 Publi paris 
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Northeast: 
CENTEL (Boston, Massachusetts) is ROSS CIBELLA'S new one- and two -inch video post 

production faciltity. The complex is situated in a former RKO movie palace near Fenway Park, 
and is a three story, 15,000 square foot operation boasting a computerized CMX editing suite, 
30' x 60' video shooting stage, video control room, and full support facilities. Architect JOHN 
STORYK, who was also responsible for Tod Rundgren's video complex in Woodstock, 
New York, designed Centel to meet all professional audio requirements. Cibella is also the 
owner of Boston's Century III Recording Studios. 851 Beacon Street, Kenmore Square, Boston, 
MA 02155. (617) 267 -6400. 

GREEN STREET RECORDING (New York City) is the reincarnation of BIG APPLE 
RECORDING STUDIOS following extensive renovations. The 20' x 35' studio has a 22' x 16' 
control room centered around a Trident TSM 28 x 24 console with Allison Fadex Automation, 
coupled to an MCI JH -114 24 -track recorder. Monitors are UREI variable position 811$, JBL 
4311s and Auratones powered by Crown and BGW amps. Mounted in the outboard rack are an 
Eventide 1745 DDL, Lexicon Prime Time" and DDL, Marshall Time Modulator," Eventide 
Harmonizer,'" Orban Reverb and compressor /limiters by Audio & Design, Neve and UREI. 
Dolby noise reduction is offered along with mikes by Neumann, Sennheiser, Shure, Sony and a Centel 
number of tube models. A Steinway concert grand piano heads the instrument list. 112 Greene Street, New York, NY 10012. 
(212) 226 -4278. 

MUSICOR RECORDING STUDIO (Philadelphia, Pennsylvania) has added to its instrument collection with the purchase of a set of Indian Tablas Drums. The studio is equipped with a TEAC Tascam 80 -8 recorder with dbx noise reduction, and a Tascam mixing console. Recent sessions include demo tracks for song writer JOHN BELLMON with assistant engineer CURTIS BRACY. 2539 West Columbia Avenue, Philadelphia, PA 19121. (215) 763 -0741. 
ROAR PRODUCTIONS (Columbia, Maryland) has opened an 8 -track demo studio on the premises of Eastern Audio Associates, a major cassette duplicating firm. The studio design combined input from Roar, Eastern Audio, JOHN KENDALL of Professional Sound, Inc., of Falls Church, Virginia, and MARK DONOVAN of Rockville, Maryland. The facility houses a custom 

mixing console imported from Nova Sound in San Francisco. Oakland Center, 
8980 Route 108, Columbia, MD 21045. (301) 596 -0600. 

SECRET SOUND STUDIO (New York City) has promoted LYNN S. HANNA to the 
position of studio manager, with KRYS MURPHY assuming the post of assistant studio 
manager. Secret Sound president JACK MALKEN also announces the addition of 
DENNIS DRAKE to the engineering staff. Drake's background includes work with Bette 
Midler, ABBA, Paul Simon, Linda Ronstadt, and The Beach Boys. 147 West 24 Street, New 
York, NY 10011. (212) 691 -7674. 

SUSQUEHANNA SOUND (Northumberland, Pennsylvania) is now in its new facility 
which boasts the new Auditronics 40 x 24 comuterized "Memphis Machine" console. The 
complex was designed by JOHN STORYK, while the equipment was purchased through 
BOB TODRANK of Valley People of Nashville, including UREI 813 Time Aligned" 
monitors for the studio's control room. BOB SPANGLER is the manager at Susquehanna. 
48 A Street, Northumberland, PA 17857. (717) 473 -9733. 

TURTLE BEACH RECORDINGS (York, Pennsylvania) reports the addition of a Mutron digital delay, Omni -Craft GT4 gate, Technics RSM85 cassette deck, and Vox Continental organ. Owner ROY SMITH adds that the studio will soon be delivery of a Tangent 3216 console. 1912 Alcott Road, R.O. 22, York, PA 17402. (717) 757 -6344. 

- ACTIVITY - 
CELEBRATION RECORDING (New York City) has engineer MICHAEL FARROW in working on an album for the NEW YORK BRASS QUINTET. Also in the studio: MX80 SOUND recording their third album, Crown Control, for Ralph Records. The LP is being engineered by MARK HOOD and produced by MARK BINGHAM. 2 West 45th Street, New York, NY 10036. (212) 575.9095. FRANKFORD /WAYNE MASTERING LABS (New York City) reports mastering the latest LP by KOOL AND THE GANG, Celebrtion. Engineer for the project was TOM COYNE. Also recently completed was the latest album by THE BABYS, with mastering by engineer JOE GASTWIRT. Both projects were done in Franford /Wayne's computerized Room "E." 1697 Broadway, New York, NY 10019. (212)582-5473.0 RPM SOUND STUDIOS (New York City) finds RUPERT HOLMES is recording a new album for MCA with engineer MIKE DELUGG, and PAMELA STEVENS and THE BOBBY BARE BAND in laying down tracks with engineer NEAL TEEMAN. 12 East 12th Street, New York, NY 10003. (212) 242 -2100. SIGMA SOUND STUDIOS (New York City) finds THE SPINNERS doing overdubs on their new Atlantic LP with producers MICHAEL ZAGER and JERRY LOVE; MICHAEL HUTCHINSON is engineering. The studio recently finished overdubs on LEON HUFF's self -produced album for PIR with Sigma's DIRK DEVLIN at the board, while BRIAN ENO and engineer JOHN POTOKER are in working on a special project for E. G. Records. 1697 Broadway, New York, NY 10019. And at SIGMA SOUND STUDIOS (Philadelphia, Pennsylvania), THE JONES GIRLS are recording a commercial for a line of Teddy Pendergrass jeans. DEXTER WANSELL is producing the PIR project for Tyson 
& Partners Advertising, while BLUE MAGIC is refining its upcoming Captiol album with producer NORMAN HARRIS and engineer ARTHUR STOPPE. Producer J AM ES PURDIE is engaged in mixing for RARE ESSENCE with engineer JIM GALLAGHER.212 North 12th Street, Philadelphia, PA 19107. SOUND IDEAS (New York City) booked time for MASABUMI KIKUCHI ( "POO ") to record tracks for a new album on Eastwind Music. KIYOSHI ITOH produced "Poo," who programmed and performed on the 21 synthesizer set up. Also in for Eastwind and Itoh was THE HANK JONES TRI mixing a live album recorded at the Village Vanguard. 
151 West 46th Street, New York, NY 10036. (212) 575.1711. STARR RECORDING (Philadelphia, Pennsylvania) has TINY TIM in doing vocals for an animated film by 1980 Oscar nominee PAUL FERLINGER. LARRY GOLD is producing with DAVE STAROBIN at the console. VINCE MONTANNA, JR. is also working on his new album at Starr, while JERRY COHEN of the McFadden, Whitehead and Cohen writing team is doing production work with his new band and engineer, CARL PARUOLO.201 Saint James Place, Philadelphia, PA 19106. (215) 925.5265. 

to be represented In the next available Issue write: 
R -e /p STUDIO UPDATE 

P.O. BOX 2449 
HOLLYWOOD, CA 90028 

December IYau u tt -e /p 18 
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almows (-- 
!: ~~ The professionals' choice 

Abe Jacob, top American theatre sound designer, with the MIDAS 32 into 8/2 VCA 

controlled Live Sound Console and 12 into 2 submixer he specified for EVITA on 

Broadway. Abe has earned his reputation from shows like JESUS CHRIST SUPERSTAR, 

CHORUS LINE, AND BEATLEMANIA. Why MIDAS? Because MIDAS experience and 

design philosophy provide highest quality signal processing in a compact and rugged 

modular frame built to withstand years of use. Abe Jacob is a professional. 
MIDAS is the professionals' choice. 
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There are better reasons 
to come to Martin than our new 
24 -track demonstration rooms. 

Adams -Smith 
AKG 

Amek 

Ampex 
Audio & Design 

Recording 

Auratone 

Beyer 
BGW 

BTX 

Burhoe Acoustics 
Countryman 

Crown 
Crown PZM 

dbx 
Ecoplate 

Electro -Voice 

EMT 

Eventide 
FAX 

HME 

Inovonics 
'vie 

JBL Pro 

JVC Video 

Klark -Teknik 

Lexicon 

MAP 
Marshall 

Master -Room 

McIntosh 

MXR 
Neumann 

Orban 

Otari 
Publison 

Pultec 

Scamp 

Scully 

Sennheiser 

Shure 
Sony Pro 

Sony Video 
Sound Workshop 

Studer /Revox 
Tangent 
Tapco 

TEAC /TASCAM 
Technics R & B 

3M 

TTM 

UREI 

Ursa Major 
Valley People 

(Allison) 
White 

Yamaha 

A demo room is like a studio: without the talent and the right 
equipment, it's only a room. At Martin Audio Video, we have 

the products and the people to help you make it happen, 
whether you're building a studio from the ground up or 

selecting a microphone. 
Martin represents more than 70 of the most important 

manufacturers of professional audio and video equipment. 
Our million -dollar inventory means that you're likely to find 

what you need, when you need it (and the parts to repair it, 
should it ever break down). 

Our extensive staff is made up of experienced professionals. 
They come from major recording and broadcast operations 

in New York, so they speak your language. Through their 
knowledge and experience in the field, they can help you plan 

your studio, evaluate your needs and solve your problems. 
Our sales, custom fabrication, and technical services people 

have been helping meet the diverse needs of our worldwide 
clientele for more than 15 years. 

Our new 24 -track control room features the latest thinking in 
professional audio equipment and technology. From the Otari 
and Ampex pinch -rollerless recorders, to the hottest new 
signal processors and reverbs. Our speaker evaluation room 
offers a wide range of monitors, including the newest JBL 
and UREI Time Aligned' "* monitor speakers. 
These rooms are available to all of our clients to audition and 
evaluate a wide range of equipment in a hands -on setting. 
And they're only a small part of Martin's extensive midtown 
Manhattan facilities. 

Any dealer can sell equipment. Experience, Service and 
Support are what make Martin special. We're committed to 
providing it all ... and commitment is everything. 

martin audio video corp. 
423 West 55 Street /New York, N.Y. 10019/(212) 541 -5900 

'TM -Time Aligned is a trademark of E.M. Long Associates 
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Southeast: 
COTTON ROW RECORDING (Memphis, Tennessee) has opened its doors for 

business after fine -tuning its newly built studio. Owner WARD ARCHER, JR. had the 
facility acoustically designed by Phase Audio of Memphis under the supervision of 
Stephen Durr and Associates of Nashville. The operation features an Ampex MM -1200 
16 -track recorder, Auditronics 501 console, Electro -Voice monitoring system with White 
equalization, as well as noise reduction, Lexicon digital delay, Roland phasers, and a 

selection of instruments and microphones. Ward, a member of the governing board of the 
Recording Academy and Music Industries of Memphis, runs the studio with his associate 
NIKOS LYRAS, (Archer, right; Lyres, left) who has experience as an engineer /producer in 

Greece. (Madison Avenue, Memphis, TN.) 
FANTASY SOUND STUDIOS (Granite Falls, North Carolina) has completed 

upgrading to 16 -track with the addition of a TEAC Tascam 85-16 tape machine. Among 
the new outboards are the URSA Major Space Station, Omni -Craft noise gates, JBL 4313 
monitors, Roland Dimension D effects processor, and Bi -Amp equalizer. The studio has also completed extensive acoustical 

treatment of the control room. room geometry and surface treatment having been prepared by JIM BRAWLEY of Clemson, South 

Carolina. Other features of Fantasy are a wide variety of keyboards, guitar, and instruments amps, as well as Crown power amps, 

dbx compressors, and mikes by Neumann, Sennheiser, AKG, E -V, Shure, and Sony. 14 Woods Drive, Granite Falls, NC 28630. (704) 

396 -1188. 
SCENE 3 VIDEO (Nashville) has been formed as a subsidiary of SCENE 3INC., according to the company's president, KITTY 

MOON. Video professionals from the major production areas have been recruited, and state -of- the-art equipment is being 

installed, including a CMX 340X editor, a Vital switcher with 140 effects patterns, and the Emmy -winning Squeezoom'" which 

provides multichannel digital effects. One- and two -inch video tape machines are by RCA. Chairman MARC BALL adds that design 

of the editing facilities emphasizes the creative aspects of editing and the editor's environment. The company will occupy a 6,000 

square foot facility and begin its operations around the New Year. One of the first major staff appointments is that of four -time 

Emmy nominee TERRY CLIMER to the post of chief editor. 1813 8th Avenue South, Nashville, TN. 

South Central: 
DODSON PRODUCTION (Houston, Texas) announces the upgrading of their A -SIDE RECORDING STUDIOS to 24 -track 

capability. The new gear is centered around a Tangent 3216 mixing console feeding an Otan MTR -90 recorder. These, as well as an 

Eventide Harmonizer,'" Neumann mikes, and other peripheral equipment, were supplied by Westbrook Audio of Dallas. 108 Berry 

Road, Houston, TX. 
REEL SOUND RECORDING COMPANY (Manchaca, Texas) supplied its 24 -track remote bus for concert dates by MAZE and 

A TASTE OF HONEY in New Orleans. The dates were recorded and video taped for a live album by Maze with JOHN PALLADINO 

producing, and DAVID COLE, MALCOLM HARPER, and GREG KLINGINSMITH sharing engineering chores. P. O. Box 280, 

Manchaca, TX 78652. (512) 472 -3325. 
STAR TRACK STUDIOS (Tulsa, Oklahoma) recently updated to 16 -track with the addition of an Otani MTR -90 multitrack 

machine. Other newly installed gear includes an EXR Aural Exciter, and Neumann and AKG microphones. ROD SLANE is 

owner /studio manager of Star Track. 1423 South Xanthus Place, Tulsa, OK 74104. (918) 742 -6688. 

- ACTIVITY - 
ARTISAN RECORDERS (Fort Lauderdale, Florida) provided its 24 -track mobile recording facilities for a live broadcast by SPYRO 

GYRA from Gusman Hall in Miami this past Fall. Artisan president and chief engineer PETER YIANILOS handled the mixing chores 

for this event, as well as for a broadcast series by the FORT LAUDERDALE SYMPHONY ORCHESTRA and for a Media Intermix 
video production featuring RONNIE MONTROSE'S new group GAM MA. Yianilos and Montrose mixed the 24 -track tapes from the 

latter date at Trüad Studios. Artisan also announces the addition of SCOTT STRA W BRI DGE to the position of general manager. 5077 

North East 13th Street, Fort Lauderdale, FL 33334. 1305) 491 -3132. At ADVENT RECORDING (Memphis, Tennessee), DENISE 
LASALLE has finished recording and producing a new album for MCA entitled Equal Rights Amendment, and JOE SIMON has been 

producing an album with PORTER WAGONER for the Posse label. Ardent engineer ROBERT JACKSON was in the control room for 

both sessions, while JACK HOLDER recorded demos of new material for JIM DANDY MANGRUM, formerly of Black Oak 

Arkansas. 2996 Directors Row, P. U. 30012, Memphis, TN38130. (901)396-8700. COLUMBIA RECORDING STUDIOS (Nashville) 

reports activity by WILLIE NELSON'S BAND recording an album for lead guitarist JODY PAYNE, with FOSTER and RI('E 
producing and engineering handled by RON REYNOLDS. BILLY SWAN is also in recording tracks with producer LARRY 
ROGERS for his upcoming Epic project, and THE DALLAS COWBOY CH H: ERLEADE RS are working on their first single, We Love 

the Cowboys. 34 Music Square Ease. Nashville, TN37203. (6151259- 4321. At CRITERIA RECORDING STUDIOS (Miami, Florida), 

GRACE SLICK is doing overdubs and mixing un her forthcoming solo LP for RCA. She is being produced by RON FRANGIPANE 
with ED SPRIGG engineering. Criteria was also the recording site for HARRY CHAPIN'S latest LP for Neil Bogart's new label, 

Boardwalk Records. RON and HOWARD ALBERT produced the album, which includes the single, "Sequel." CHUCK 
KIRKPATRICK engineered, while mastering of the album and single was handled at Criteria by MIKE FULLER, who also 

performed the same duties for BARRY MANI LOW'S latest 45, "I Made It Through the Rain." 1755 North East 149th Street. Miami, FL 

33181. (305) 947 -5611. THE SOUND EMPORIUM (Nashville) has been recording THE MARSHALL TUCKER BAND'S 
upcoming Warner LP, Ride In Peace, with producer TOM DOWD and engineer KEVIN HERRON, while PAUL ANKA was in the 

studio working on his new album with LARRY BUTLER producing and BI I. LY SHERRI LL at the console. Mixing is also proceeding 

on MERLE HAGGARD'S new gospel album engineered by JIM WILLIAMSON. 3102 Belmont Boulevard, Nashville, TN37212. (615) 

383 -1982. TRIIAD RECORDING STUDIOS (Fort Lauderdale, Florida) provided its facility to NEIL YOUNG for his latest album, 

Hawks and Doues, with MICHAEL LASKOW credited for engineering the song "Lost in Space." Mixdown has also been completed on 

six songs by YARROW KEARNEY with Laskow at the 'board while THE SOPHISTICATES have produced themselves on a number 

of demos requested by interested labels. 507.5 North East 13th Avenue. Fort Lauderdale, FL 33334. (30.5) 771 -1431. 
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Midwest: 
AUDIO MIXERS RECORDING COMPANY (Chicago, Illinois) announces the opening of an additional studio. The new Studio 

B augments the old 16 -track Studio A, and is said to offer greater scheduling flexibility and up to eight tracks for live recording and audio -visual mixing. New offices and film transfer rooms are also included in the recent expansion. 740 North Rush Street, Suite 
603, Chicago, IL 60611. (312) 943 -4274. 

PRISM RECORDING STUDIOS (Harvey, Illinois) have taken delivery of a new Otani MTR -90 24 -track recorder from Pyramid Audio of South Holland, Illinois. The tape deck has been linked to the studio's new Neotek Series Ill console. New processing gear includes the dbx 900 signal processing rack, a MICMIX XL -500 digital -analog reverb, and the EXR EX -3 Exciter. Control room monitors are Electro -Voice Sentry Ills powered by Crown amps. Amongst other outboard equipment can be found an Eventide Harmonizer," a URSA Major Space Station, MXR digital delay, and UREI and dbx compression. Mikes are by E -V, Neumann, 
Sennheiser, Crown and AKG. Studio manager STEVE MC CARTHY reports that recent activity includes sessions by HUMBLE PIE and trumpetist ELMER BROWN from EARTH, WIND, AND FIRE. 16036 Union Avenue, Harvey, IL 60426. (312) 339 -8145. SAINT PAUL PUBLIC SCHOOLS (Saint Paul, Minnesota) is taking delivery of a new 8 -track recording system for their Performing Arts Center. The equipment, supplied by AVC Systems of Minneapolis, is based on an Otani MX -7800 one -inch 8 -track recorder coupled to a Tangent 3216 16 -input console. Peripherals include a Lexicon Prime Time" digital delay, a MICMIX XL -500 reverb, and a selection of compressors, limiters, and parametric equalizers. Minneapolis /Saint Paul, Minnesota. 

SOLID SOUND (Ann Arbor, Michigan) has broken ground on a new 600 square foot addition to the studio, which will house an isolation booth featuring convertible hard and soft surfaces, a tape duplication area, and an expanded client lounge. Also new for Solid Sound's control room are UREI 813 Time -Aligned'" monitors, a dbx 900 rack, a new Ecoplate II," and a transformerless MCI JH -110B 2- track. P. 0. Box 7611, 1289 Dixboro Road, Ann Arbor, Ml 48107. (313) 662 -0667. 
SUPERDISC, INC. (East Detroit, Michigan) which has merged with SUPER -LYC'S, a 16 -track house, and STIX & LYC'S, an 8- track facility, recently delivered to CBS the new PHILIPPE WYNNE album, Wynne Jammin'. The studio has also been mixing the upcoming album by FUNKADELIC. 14611 East Nine Mile, East Detroit, Ml 48021. (313) 779 -1380. 

- ACTIVITY - 
LEE MACES OZARK OPRY SOUNDSTUDIO (Osage Beach, Missouri) provided recording facilities for LINDA COOPER'S latest single "What You I)o to Me." Producing and engineering credits are shared by Ozark Opry staff engineers JIM PHINNEY and R. N. PARKER and by HAROLD L. LUICK & ASSOCIATES. Osage Beach. MO. FIFTH FLOOR RECORDING STUDIOS (Cincinnati, Ohio) is booking time for the group, DAYTON, who are recording their new United Artists album with band member SHAWN SANDRIDGE producing and GARY PLATT in the control booth. 517 West Third Street, Cincinnati, OH 45202.15131651- 
1871. 

Mountain: 
CHATON RECORDINGS (Scottsdale, Arizona) has upgraded to 16/24 -track with the addition of an Otani MTR -90 with AutoLocator, and an Otani 8- track. The decks are fed by a new Tangent 3216 console with custom Orbichronics bar -graph display and simultaneous PPM /VU ballistics. Studio monitors are UREI 811s, JBL 4311s, and Auratones, with outboard gear including the new dbx Series 900 modular processing system, MICMIX /Master Room XL -500 reverb system, DeltaLab DL -2 Acousticomputer, 

and an Eventide H949 Harmonizer" with keyboard. Mikes are by AKG, Neumann, Shure, Sennheiser, PML and Sony. The new equipment was purchased from and installed by E.A.R. Pro Audio of Tempe, Arizona. 5625 Nauni Valley Drive, Scottsdale, AZ 
85253. (602) 991 -2802. 

THE LAST RECORDING STUDIO (Boulder, Colorado) was responsible for the KBCO Boulder Music Weekend livecast, and for the live recording of artists in local clubs for later broadcast during the radio event. Engineer DICK JENKINS mixed the awards presentation at the end of the weekend, which included performances by five bands, as well as the interface of the MC, announcer, and station breaks during broadcast. The Last Recording Studio is a 4- and 8 -track operation available for studio and remote work. MARK BARNETT is company president. Box 6050, Boulder, CO 80306. (303) 442 -1158. 

Northern California: 
CUSTOM RECORDING /STUDIO C (Stockton, California) announces the addition of a Lexicon 224 digital reverb and an EXR Exciter to its list of sideboards. Plans are also currently being drawn up for Studio C's new 24 -track facility. Ground breaking for the JEFF COOPER- designed plant will be in March 1981. 2220 Broadridge Way, Stockton, CA 95209. (209) 477 -5130. 

FANE PRODUCTIONS RECORDING STUDIO (Santa Cruz, California) has 
completed a major upgrade from 16- to 24- tracks, and now features a complete array of 
transformerless MCI equipment. A new MCI JH -636 console with JH -50 automation can 
ber found in the control room, along with MCI JH -114 24 -track and JH -110B 2 -track 
recorders. Tannoy Berkeleys, JBL 4311s, and Auratones make up the control room 
monitor complement, while Altec A -7s are to be found in the studio. Amplification is by 
Yamaha and Crown, Outboard gear includes a Lexicon digital reverb, Aural Exciter," 34 
channels of dbx, an Eventide Harmonizer,'" and a number of compressor /limiters. A var- 
iety of synthesizers are available, headed by a Prophet 5. PETE CARLSON, late of L.A.'s 
Record Plant, designed the remodeling of the studio and, according to studio manager 
CORIE ANASTASION, has joined the staff as the Chief Technical Engineer. 115 -B 
Harvey West Boulevard, Santa Cruz, CA 95060. (408) 425 -0152. 

HYDE STREET STUDIOS (San Francisco, California) has taken delivery of a Trident 
B series console, formerly a fixture at Sarm Studios of London, England. The board is Fane Productions being installed in Studio D along with a new Otani MTR -90 24 -track machine. TOM 
SHARPLES, a principle in Hyde Street, is also a design engineer for Otani involved with their line of recorders. Other new gear includes a UREI stereo octave equalizer, a Kepex /Gainbrain" rack, Audio Arts Parametric EQ, and JBL 4311 monitors. Remodeling has also been completed in Studios A and C under the supervision of MICHAEL WARD. In the newly- opened Studio C, ALLEN SUDDUTH is engineering and producing THE IMPOSTERS upcoming album, while Studio A finds THE RANDY ODA BAND recording with RICHARD VAN DORN in the control room. 245 Hyde Street, San Francisco. CA 94102. (415) 441 -8934. 

PRAIRIE SUN RECORDING (Cotati, California) has upgraded from 16 -track with the acquisition of Filmways /Heider's 3M 24- track machine. Owner MARK RENNICK also reports that Prairie Sun will have 8 -, 16 -, 24- and 30 -track operations available in their soon to be opened facilities, and that their present studio is fully operational during the expansion. 1034A Scott Street, Petaluma, CA 94952. (707) 778 -7175. 
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KUPSCH INDUSTRIAL: 
From nightclubs to concert halls, 

we'll take your breath away. 

That's right, Klipsch. The makers 
of the legendary Klipschom have 
designed a group of horn loaded 
industrial loudspeakers that dupli- 
cate the Klipschorn's clean, smooth. 
distortion free characteristics, but 
deliver eight times the acoustic 
output power! And without a need 
for corner placement. 

For the disco, night 
club, mobile sound 

company or cathedral, 
the Klipsch LaScala in 

birch or rugged fiberglass 
will always speak with 

effortless authority. 

Klipsch Industrial Heresy loud- 
speakers are the hot new stage 
monitors that even the most subtle 
performers love to work with. And 
in the recording studio more and 
more producers and engineers are 
mixing their hits on Klipsch 
Heresys than ever before. 

With one watt input, the 
Klipsch MCM 1900 loudspeaker 

system will produce 99 dB SPL at 
three meters. Its peak power capacity 

of up to 1500 watts enables it to 
throw 100 dB SPL a full 50 meters. 

That puts wide, clean, high -powered 
sound throughout concert halls, theaters, 

auditoriums, opera houses, coliseums, 
even outdoor amphitheaters. 

Klipsch Industrial 
loudspeakers are real 

crowd pleasers, so 

don't let the customers 
down. Let them I sten 
to Klipsch and they'll 

keep comm' back 
again and again. And the audiences love it. They 

can hear the "mix" in each perform- 
ance from any seat in the house. And, 

they can feel the punch that drives them 
to standing ovations. 

of 
Klipschom, Klipsch LaScala, Klipsch Heresy 
and MCM 1900 are registered trademarks 
of Klipsch & Associates. 

Specs tnana a "(AM v' ' ascaloosa. Alabama 

for then kind assistance with this ad 

Please send me free information on 
the entire line of Klipsch Industrial 
loudspeakers. Send me the name of 
the nearest industrial dealer, too. 

Name 

Address 

City State Zip 

Mail to: Klipsch and Associates, Inc. 
Box 688 Hope, Arkansas USA 71801 
Or call: 501- 777 -6751 REP 
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 SONIC ARTS CORPORATION (San Francisco, California) has extensively remodeled its mastering room, according to 
president and chief engineer LEO DE GAR KULKA. The room now contains four complete channels of graphic and ganged 
parametric equalization, AKG reverb chambers, limiting and compression capability, and continuous graphic spectrum displays. 
In addition, monitoring is now by two custom -designed Altec 604 -C speaker systems and alternate Time -Align" units. 665 
Harrison Street, San Francisco, CA 94107. (415) 781 -6307. 

VILLA RECORDERS (Modesto, California) has taken delivery of a Studer A -80-VU Mark Three 24 -track recorder and a Ferrograph Studio 8 mastering machine. The equipment will be used on a forthcoming project by the South African band, 
MOROCKO. 3013 Shoemake Avenue, Modesto, CA 95351. (209) 521 -1494. 

- ACTIVITY - 
DIFFERENT FUR RECORDING (San Francisco, California) is recording overdubs for BILL SUMMERS HEAT with Summers producing the band's new project for MCA. STACY BAIRD is engineering this LP as well as an album by MICHAEL COTTON of THE TUBES. THE TAZMAN I AN DEVILS are also completing their album at Different Fur with ERIC JACOBSEN producing and STEVE MANTOANI engineering the Warner Brothers release. 3470 Nineteenth Street. San Francisco, CA 94110. 1415) 864.1967. HEAVENLY RECORDING STUDIOS (Sacramento, California) reports BOB CROCKER'S new single is in the mixdown stage with PERRY JONES producing and LARRY LAUZON behind the board. Lauzon is also engineering GREG SAUNDERS' new single at Heavenly. 1020 35th Avenue, Sacramento, CA 95822. (916) 428 -5888. SONOMA RECORDING STUDIOS (Santa Rosa, California) recently recorded ELVIN BISHOP'S new album with producer ROGER "JELLYROLL" TROY and engineers PAUL STUBBLEBINE, NANCY EVANS, and DANA CHAPPELLE. Evans and Chappelle also are engineering a project by saxman MICHAEL BOLIVAR produced by BILL SUMMERS. 4230 Walker Avenue, Santa Rosa. CA 95401. (707) 584 -0699. THE AUTOMATT RECORDING STUDIOS (San Francisco, California) recently was the site of a live recording session by the TOKYO UNION ORCHESTRA featuring guest artists HERBIE HANCOCK, RICHIE COLE, and SLIDE HAMPTON. The sessions were held in the large Studio A with no overdubbing, and mixed as recorded by FRED CATERO direct to a two-track, Dolbied tape machine and onto a 24 -track recorder for back-up. Other artists recently working in the studio include: SISTER SLEDGE with MICHAEL WALDEN producing and KEN KESSIE engineering for Cotillion; and CONFUNK SHUN producing themselves for Mercury with DON CODY at the console. 827 Folsom Street. San Francisco, CA 94107. (4151 777.2930. 

Southern California: 
CLOVER RECORDERS (Hollywood, California) recently installed Allison Fadex Automation in its 32- channel API console, and plan to complete work on an automation system designed by BYRON WAGNER utilizing floppy disk storage and color TV monitoring of information. A new Sony PCM 1610 digital two -track recording system was also purchased for the mixing of BRUCE SPRINGSTEEN'S latest album, The River. Mixing was handled by CHUCK PLOTKIN and TOBY SCOTT with digital operator JIM BAUERLEIN. Springsteen, JOHN LANDAU, and STEVE VAN ZANDT produced the two record set for CBS. DAN MOREHOUSE is Clover's studio manager. 6232 Santa Monica Boulevard, Hollywood, CA 90038. (213) 463 -2371. 
DIRK DALTON RECORDERS (Santa Monica, California) is a 24 -track professional studio featuring a Sphere Series A transformerless 34 x 24 console feeding an Ampex MM -1200 transformerless 24 -track recorder equipped with Audio Kinetics XT- 24 Intelocator" and Dolby noise reduction. Monitors in the 30' x 30' studio are UREI 813 Time-Aligned'" speakers with 1 /3- octave equalization, JBL 4311s, and Auratones. The list of outboard gear includes three Allison Gain Brains"and Kepexes,'" Lexicon 224 digital delay, an Eventide Harmonizer," and a 1,000 cubic foot live echo chamber, which is also used as a live recording room. A full compliment of mikes and instruments is available. 3015 Ocean Park, Santa Monica, CA 90405. (213) 450 -2288. 
GOLDEN AGE RECORDERS (Culver City, California) has announced the instal- 

lation of a Solid State Logic 40 x 32 console. The JEFF COOPER -designed studio also 
features a modular diffuser -slat design to optimize room ambience and to increase the reverberant sound field. With the acquisition of an adjacent building, Golden Age now 
boasts 1,800 square feet of space. 9733 Culver Boulevard, Culver City, CA 90230. 

11 
(213) 559 -6058. 

HOTROCKS (North Hollywood, California) has taken delivery of a new Otani MTR -90 
24/16 track recorder to be interfaced with the studio's Speck 800 console. The operation _ 
utilizes JBL4315 and 4311 monitors as well as Auratones, all powered by BGW amps. 
Sideboards include DeltaLabs digital delay, Sound Workshop and Master Room reverb, 
Audio & Design Scamp limiters and noise gates, dbx, phasing, and filters. Mikes are by Electro- Voice, Shure, Sennheiser, and Neumann. JIMMY RABBITTAND RENEGADE are currently recording songs for their first album, while co -owner JIMMY STEWART is working on his upcoming LP with co- owner /engineer RANDY WINTERS at the board. 4822 North Vineland, North Hollywood, CA. (213) 506 -9961. ' ' 

INTERSOUND (Los Angeles) has begun operations of its new ultra high -speed ADR STUDIOS, featuring a unique multitrack 
computerized system for film looping and soundtrack sweetening. Interface has also been made between 35 mm and 16 mm film and video tape. 8746 Sunset Boulevard, Los Angeles, CA 90069. (213) 652 -3741. 

MAD DOG STUDIO (Venice, California) has finished renovations of their 16 -track facility with the flush mounting of UREI Time -Aligned" monitors, and the installation of an Auditronics 501 console. An Otani MX- 5050 -B mastering deck has also been added, along with several Neumann mikes. FLO AND EDDIE are coming into Mad Dog for work on the soundtrack to Strawberry Shortcake, an animated children's film, while other projects include a spot for THE TONI TENILLE SHOW. 1715 Lincoln Boulevard, Venice, CA 90291. (213) 306 -0950. 
SAGE & SOUND RECORDING (Hollywood, California) has increased its activity since last fall when it took delivery of an MCI Series 600 board with computer mix. The new console feeds an MCI 24 -track recorder and is linked to an assortment o' new outboard equipment. UREI Time -Aligned" monitors have also been installed, according to owner /chief engineer JIM MOONEY. Staff engineers at Sage & Sound are RON FAIR and JIM SHIFLETT. 1511 Gordon, Hollywood, CA 90028. (213) 469 -1527. SALTY DOG RECORDING (Van Nuys, California) has appointed staff member MOLLY HANSEN to the position of studio manager, while BRIAN VESSA assumes the post of chief engineer for the studio. 14511 Delano, Van Nuys, CA 91411. (213) 994- 9973. 

to be represented in the next available Issue write: 
R -e,p STUDIO UPDATE 

P.O. BOX 2449 
HOLLYWOOD. CA 90028 
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THE GREAT AMERICAN CONSOLE COMPANY 
introduces 

¡: 
.. 

COMPLETE CONSOLE AUTOMATION SYSTEM 
UNSURPASSED VERSATILITY AND USEFULNESS 

Datalog Dynamic Automation computerizes all fader moves, EQ and insert switching and 
echo -effects -program mutes. Intermix editing capabilities are provided via a full size, console 
mounted aphanumeric keyboard. And all tape machine functions are programmable. 

Datalog Status Automation stores all console settings for later retrieval including track 
assignments and pans, all parametric EQ settings including Q, hi /low pass filters, effects send 
mix and pan, cue send mixes and pan, echo mixes and pan and echo returns, and all master and 

sub -master levels. The whole enchilada as the saying goes. 

For those of you who have never had the opportunity to work on a big Sphere, book some time 
at the following studios for the best surprise of your engineering career... Sphere consoles 
really do sound better. 

Alpha Audio. Richmond 
Bee Jay Studios, Orlando 
Columbia Records, Nashville 
Youngun Sound. Nashville 
Creative Workshop. Nashville 
Web IV Recording, Atlanta 
Doppler Recording, Atlanta 
Enactron Studios. Los Angeles 
SIGLA, Rio de Janeiro 
Park South. New York City 

Soon at 
Sigma Sound, Philadelphia 
Best Audio. Los Angeles 

fpheie 
ELECTRONICS. INC 

THE GREAT AMERICAN CONSOLE COMPANY 

20201 -A Prairie Chatsworth, California 91311 
(213) 349 -4747 R -i' p 25 O December 1980 
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... at WESTLAKE Studio, Los Angeles - 

... his obstetric art of record production - getting the best performance from the artist - 
OOo FrEH M00 UIARTI. 

R -e /p (Robert Carr): How do you perceive 
what you do for a living? 
John Boylan: Well, the way I perceive record 
production is that it's analogous to film 
directing. In older days, before 1955, the record 
producer may have functioned more like a film 
producer, by putting up the money, or 
overseeing the business aspects of it. The 
arranger did mostly what the producer does 
today. Now all those functions are combined in 
the producer. Sometimes even the engineer is 
combined in the producer. Some of the best 
producers have an engineering background. I 
think that, philosophically, the foremost thing a 
record producer has to do is create an artistic 
atmosphere in which the product, or album, can 
happen. If he creates the best atmosphere, he 
can get the best record, because he will draw 
the best performance out of the artist. He will 
guide the artist in a manner which helps him 
along rather than changing him, or messing with 
what he does or inhibiting him in any way. A 
producer must cover every aspect of making 
the record in order to create the perfect 
atmosphere in which it can be happen. In a 
sense, it's an obstetric art. 

R -e /p (Robert Carr): Staying out of the way, 
you mean? 
John Boylan: In a sense, yes. You're like a 
utility infielder. If there's a hole at third base, 
you'll play third base. If there's a hole at second 
base, you play second base. If you see 
something wrong with the engineering, you 
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by Robert Carr 
must recognize that; you must say to the 
engineer: "We need 3 dB at 10 kHz on the bass, 
because there's a problem there." If there's 
something wrong with the arrangement, you 
have to say, "We need a drum fill at measure 16 
because there's nothing kicking it emotionally at 
that point." Or if there's something wrong with 
what one of the musicians is doing - "Your 
guitar is out of tune; you're dragging" - you 
must be able to recognize that and articulate it 
specifically in order to correct it. You can't be 
vague about it. That's one of the things you do. 
Of course, producers take a hand in what is 

URBAN 
COWBOY 
anOr.0 wonaw ncrue sounonu 

11.14. 1011410. 

done depending on their general bent. An 
arranger -producer would be writing charts out 
or playing parts. An engineer -producer, like Bill 
Szymczyk, he'd be concentrating on engineer- 
ing, or a musician -producer, like Jeff Baxter, is 
more concerned with the musicianship. I prefer 
the production of people who are more the 
dilettante, who can handle every level of every 
aspect. I think they make the best records. 

R -e /p (Robert Carr): Do you approach each 
group that you work with similarly? 
John Boylan: Generally, yes. I do a lot of pre- 
production, and if the way you go about it is 
general enough, it's going to fit everybody. l do a 
lot of rehearsal, setting up, and finding 
everything out. That would work as well for 
Miles Davis as it would for a string quartet. It 
should, because no matter who they are, they 
have to rehearse. 

R -e /p: Are you particularly partial to guitar 
groups? It seems like a great number of the 
things you produce are guitar -oriented. 
JB: I'm not particularly partial to guitar groups. I 

like them very much, but I would like to think I 

produce anything. There's a tremendous stylis- 
tic variation in the things I do. There's a vast 
difference between Boston and Charlie 
Daniels, between the Little River Band and 
Commander Cody, between the soundtrack 
for Urban Cowboy, and Great Buildings; 
some of those acts are like night and day. But I 
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Jim is one of the good of boys of 
Nashville. His engineering career stretches 
back some 18 years to the days of mono 
mixing. He's done everything from pop to R &B 
to disco -and, of course, country. The 
aviation industry gave Jim his technical 
background. But he's also prepared himself by 
playing four or five different instruments. 
Some of the names on the other side of the 
glass from him include Bob Dylan; Simon 
and Garfunkel; Peter, Paul and Mary; Loretta 
Lynn; Johnny Cash; Don Williams; Marty 
Robbins; Conway 7Witty; Ray Price; and 
Roy Clark. 

ON SPECIALISTS 
"Let me say that I have sympathy for 

them, because they're missing the rest of the 
world of music. They're locked into one 
thing and I got it all. I have done four 
different styles of music in one day. I did a 
disco record that got to number six on the 
Billboard charts, 'Dance With You.' In the same 
day, I did a number one country record. You 
don't listen to the same kind of music all 
the time. And I don't want to listen to the 
same kind of music all the time, either." 

ON OVERPRODUCTION 
"'Swarm.' That's my term for over- 

production. I've had producers who have 
turned and said,'Well, how many tracks have 
we got left ?' You may look at the chart 
and say, 'Well, we've got nine tracks left.' 
He'll say, 'Great.' And he looks into the 
window of the studio. 'Hey, let's put an 
electric piano on.' Not because the electric 
piano fits the song and has a place or meaning 

in the rhythm or in the feel of the song, but 
it's because he sees one in the room and 
we've got nine tracks to go. And that's 
overproduction, abuse of multitrack recording. 
And that I don't condone." 

ON PLAYBACKS 
"I actually mix. I don't load tape. I like to 

sit down at the console, set my monitor levels 
equal and put the band together and get a 
monitor mix in the control room that sounds 
as close as I can make it to the record, so that 
the producer and the artist and the 
musicians can hear and understand what 
they're doing and correct their mistakes. 
I'm an old mono mixer. And that's what built 
mono mixing." 

ON TAPE 
"A competitor of 3M has stated that 3M 

has a greater print- through than their product. 
It's my opinion that there is no greater 
print- through on the Scotch' 250. It's just not 
masked with modulation noise. There also 
was a comment that the competitor's tape 
was brighter, when in fact, there was just 
more third harmonic distortion in the 10 to 12 
kc range. I am very stringent on monitoring 
in the control room. And when I hear a 
signal off the floor, I want it to come back 
off the tape the same way. I don't want it 
to be embellished with third harmonic 
distortion to make it brighter, or 
modulation noise to confuse the bass line " 

SCOTCH 250 
WHEN YOU LISTEN FOR A LIVING. 

JIM 
WiLLIAMSON' 
ON TAPE. 

for additional information circle no 
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guess most of my reputation has been built on 
my work with guitar groups like Boston, the 
Little River Band, and Charlie Daniels, which is 
my biggest act. 

R -e /p (Robert Carr): If you get too close to a 
group, does it become very hard to produce 
them? 
John Boylan: I think so. 

R -e /p: And if you don't really have a rapport, 
then there's no communication and you can't 
produce them either. Are there any particular 
guidelines that you set up to choose groups you 
want to produce? 
JB: No, although what you're talking about is 
that you must have a rapport. That's one of the 
guidelines. I don't have any particular stylistic 
guidelines. 

... with Charlie Daniels ... all I tried to do was to get 
what he does on radio ... I didn't think his records 

before sounded particularly good on radio .. . 

R -e /p: Are there any particular limits that you 
would set on the relationship to keep it 
workable? 
JB: No, I try not to, although I have found that 
two or three albums is about it. For example, I'm 
no longer involved with the Little River Band. I 

did three albums with them, and we just didn't 
seem to have anything more to contribute to 
each other after that. 

R -e /p: It's more or less spent after two or three 
albums? 
JB: Yeah, I found that as a general rule, 
although there are some exceptions ... the Gus 
Dudgeon - Elton John relationship went on 
much longer, and I think it was continuously 
interesting. But, of course, that finally 
terminated as well. There are long term artist - 
production relationships that have worked, but 
I have found that two to three albums is about it. 
Although I must say that my relationship with 
Charlie Daniels could go on longer than that, 
just because of the particular nature of the 
relationship. 

R -e /p: Is there a particular magic there, do you 
think? 
JB: Well, I have a tremendous amount of 
respect for some of the things that Charlie did, 
and I think he senses that. He was looking, I 

think, for a producer that would come to him 
with that sort of attitude. All I tried to do was to 
get what he does on to radio. I knew if I could do 
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that, legions of people that liked him would 
come to him. I didn't think his records before 
that sounded particularly good on the radio, and 
I think that was the main problem. 

R -e /p: How involved do you think a producer 
should get in grooming a particular group? Or, 
let's say, helping them choose a direction, or 
even to develop a playing style for the musician? 
JB: It really does depend on the band. There are 
some bands where you don't have to do it at all, 
and there are others where you have to do 
everything. Now if it comes to the point where 
you have to do everything, like Phil Spector 
used to, I'm not sure whether that's production 
anymore. Phil Spector was the artist, really, on a 
couple of records. 

R -e /p: Who usually chooses the tunes for the 
groups that you work with? 
JB: You have to be specific. In the case of all the 
self- contained bands, they write everything. In 
the case of the Little River Band, we used the 
straightforward democratic procedure of 
voting. In the case of Charlie Daniels, they come 
to me with an album already conceived in 
advance. I modify a couple of things, but don't 
involve myself. With Linda, I helped her pick a 
lot of her material, because she didn't write. In 
the case of Johnny Lee, that song I did for 
Urban Cowboy, "Looking For Love," was a 
case of doing a lot of things. 

R -e /p: He basically just sang, right? 
JB: Yeah, he basically sang, which he did very 
well, and he's a wonderful guy, but the song was 
found by Becky Shargo for the movie. We 
decided to put it with Johnny, because he was 
the right voice for it. We picked the musicians, I 

wrote the parts out, I did the arrangement; we 
did what had to be done. So it depends. 

R -e /p: With "Devil Went Down to Georgia" - 
which won a Grammy Award - did you have a 
particular feeling about that song before you 
recorded it? 
JB: Absolutely. In fact, I was so convinced it was 
going to be a single that I recorded one 
alternative line. There's a line that says, "I done 
told you once, you son of a bitch, I'm the best 
that's ever been." That's in the song, but I knew 
that if it were a single Charlie's main power base 
might resist that line. So at the time we did the 
record I asked him to also sing, "I done told you 
once you son of a gun." We just sang that one 
line on a separate track, mixed that piece of tape 
with that one line on it, and tacked it onto the 
end of the master, so that it was available if 
necessary. That's how convinced I was that it 
was going to be a single. When it was forced out 
of the album as a single, I was in Australia. They 
called me up frantically saying, "What are we 
going to do ?" I said, "Don't worry." My engineer 
did the edit and we issued altered DJ copies 
specifically for the stations that wanted them. 

R -e /p: You mentioned to Billboard that you 
were going to make neater and cleaner 
records; more radio -oriented with Charlie. 
What other specific things did you do? 
JB: See, with Charlie, I felt that was all that was 
necessary, apart from having a great song. 
When I first met him, I went out on the road with 
him to try and get a feel for the band, and Ijust 
couldn't keep up with him. He's older than I am 
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I f it comes to where you have to do everything ... like Phil Spector 
used to do ... that's not production anymore ... Phil Spector was the 

artist, really, on a couple of those records .. . 

by a few years, but the man is tireless. He gets 
up at the crack of dawn, goes to the local 
newspaper and does an interview; comes back 
and has lunch with the local CBS people. In the 
afternoon he does a sound check, goes down to 
the local FM station, sits in and plays guest DJ. 
Then he'll take the program director and a few 
other people to dinner. After that he 'll do the 
show, and then I think he went to some local 
club at the college and sat in with the band. The 
next morning he was up and at it again. After 
two days, I said, "Excuse me, I have to go 
home!" I realized that all I had to do was give 
these people a record that sounded good on the 
radio, that still kept Charlie's feel and sound but 
was just a little bit crisper and more radio - 
oriented. He had so many friends out there that 
they would just play it. 

R -e /p: Let's say you're in the studio, or in 
rehearsal determining what the arrangement 
will be, or whatever ... who has the final say? 
JB: One of the producer's functions is to avoid a 
confrontation like that; to let the thing happen 
as naturally as possible. I try to avoid a situation 
where you would polarize yourself with the 
artist, and have to force a 
decision of any kind. Most 
artists are very intelligent. If 
you don't polarize them or 
go after them, it's generally 
the right thing to do. If you 
have a chip on your should 
er, they're going to pick it 
up right away. I try to avoid 
that type of situation. 

R -e /p: How important is the 
studio? You were talking 
about how you do a lot of 
pre -production work, in 
which you would be work- 
ing out all the arrangements, and so forth. So 
I assume there would be no charts. 
JB: In a self contained band there's no need 
for charts. 

lighting -type of studio, because tney say, ney, 
I'm in the Studio, let's get some work done; this 
feels like a studio." And some people like the 
sort of bliss consciousness studio - redwood 
hot tub, smoked glass, solar lighting; that sort of 
situation. There are as many different 
preferences as there are artists. 

R -e /p: So you try to match up the personality of 
the band with the personality of the studio? 
JB: Of course! I try to steer them towards the 
studio that I think is right, even if the decor is a 

little off. It's more important for the sound to be 
right. 

R -e /p: You had a quote: "Give me any studio 
that's in the ballpark, and I'll make you a record 
with a hit band." 
JB: That was actually paraphrased wrongly. 
What I meant was, and 1 'lI just put it backwards: 
"lf you give me a hit band and a hit song, it 
doesn't matter how great the studio is." If the 
studio is just functional it will work, and the real 
proof of that is the Boston album, which we cut 
in a basement in Watertown, Massachusetts. 
We cut the drums on to a Scully 12 -track with a 

bunch of rented mikes, 
through a Stephenson, 
Interface P.A. board. That 
album is still selling 10,000 
copies a week. So if you 
give me a hit song and a hit 
band, I'm not going to make 
a mistake for you. As long as 
the studio is in the ballpark, 
I will make the record. In 
other words, given every- 
thing else, the studio is not 
really that much of a factor - as long as it's just above 
the bottom line. The real 
factor is the song and the 

artist; that's really what I meant. 

rtiTR!BTRIS 

R -e /p: Is the environment really that important 
to bringing out a good recording? 
JB: Absolutely. For example, what if it's too 
cold. What if he can't hear or the headphone 
mix is terrible, or if he's uncomfortable, or 
unhappy. What if the lights are too bright, or not 
bright enough. That's the real simplistic view, of 
course. It gets much more sophisticated when it 
comes down to all the sorts of things that 
contribute to the atmosphere of the recording 
process. Still, the headphones have to sound 
right; the temperature has to be right; the 
lighting has to be right; everything has to be 
right so that the artist is neither indulged, nor 
antagonized. 

R -e /p: How about the style or the design of the 
studio, in terms of just architecture? 
JB: It makes a great deal of difference. Of 
course, it's so subjective, that you can never 
know what kind of studio they are going to like, 
until you get familiar with him. Some artists like 
the old, coffee stains on the floor, vinyl, green 

R -e /p: You had a list of rules for working in a 
studio. I don't know if I should dredge all these 
things up? 
JB: I've got some new ones now; I've added to it. 
Rule 14A is: "Try to resist the obvious," which 
of course, is an expression of the duality you're 
under at the studio all the time. The artist will 
say, "I can't do that, it's too obvious." You 
should try to resist the obvious, but there are 
times when you must do the obvious, because 
it's the artistic way. 

R -e /p: You pull the listener into a song. Maybe 
that's what you need at that time. 
JB: Maybe you need to get him there so that 
then you can change him around a little bit. 
Maybe you should sugarcoat the pill before you 
feed it to him. 

R -e /p: You mentioned before that you didn't 
like to get in the way of a production. Don't you 
feel you have a style, though? 
JB: I like to feel I don't have a style. I like to think 
I'm the guy who could bring home any style 
because, who knows, Miles Davis may call me 
up. I could have a style, if that's what the artist 

I like to feel I don't have a style ... I have my personal preferences 
.... but I will not impose them on the artist ... If I do 

I've taken on more of a role than just that of a producer . . . 
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wants. I have my personal preferences, but I will 
not impose them on the artist unless he 
requests it. And then, of course, if you're getting 
in strict definitions, I feel I've taken on more of a 
role than just a producer. I do have a style; I 

have the kind of music I like, but I would like to 
think I could produce any kind of an artist. 

R -e /p: There's certain basic taste factors that 
apply to all music? 
JB: Yes. Quality -wise, I'm hoping it would be 
above a certain line. 

R -e /p: On four or fine tunes that I listened to 
there was a general similarity, in the sense of 
having background vocals arched from the top 
center out and down the sides; lead vocalist in 
the center underneath the vocalist; and a 
couple of guitars panned soft left and right - 
either doing rhythm feels or harmony melody 
lines. 
JB: Oh, yeah. You'll find that with the Little 
River Band, except in certain areas where they 
all sing together and it comes in the middle. But 
you won't find that in Charlie Daniels, because 
some of them had girls singing. I like that spread. 
That's sort of a Southern California 
sound. I hate labels, but it's a sound 
developed in the early 70s by a bunch of 
people who were around here. I use that 
where I think it's appropriate. 

R -e /p: So you don't particularly think 
that's your style? 
JB: No, although I was there in the dev- 
elopment of it. I think 1 have as much 
claim to it as any of the other people 
who use it, like the Eagles, or Linda, or 
any of those people. And I use that in 
the case where I think it's appropriate. 
1 have done so on a lot of occasions, and 
I'd still use it now if I thought it were 
appropriate. 

R -e /p: 1 noticed on one of those cuts, 
too, that you had the bass guitar a little 
off center and the snare right in the 
center. 
JB: That may have been an error. I 

wouldn't try to do that. 

R -e /p: I think it was Little River Band. It 
was a little off center. The bass drum 
was in the center. And the snare was in 
the center too. Usually you have the 
snare a little off center. 
JB: I usually have the snare a little off center. I'm 
hoping that was some sort of a technical pro- 
blem, since I wasn't trying for that. I usually try 
to keep the bass drum and bass in the middle, 
because you encounter phase problems if you 
don't. I try to get the snare a little off center, 
that's where it is if you look at the drums. 

correct any phase difficulties. You're going to 
get too much vertical information if you put bass 
drum and bass off- center. 

R -e /p: You seem to be very aware of not 
overlapping instruments. Do you tend to 
visualize five panning positions so as not to 
overlap? 
JB: Yeah. I have five in my mind: hard left and 
right, soft left and right, plus center. 

R -e /p: Do you really visualize that, or do you go 
for a feel of where to put the instruments? 
JB: No. It's all visual -a very visual situation. I 

have always attempted to keep a special 
reference in the mix which relates to what the 
band looks like on stage. The one exception 1 

made is the guitar solo, which I try to put in the 
center. 

R -e /p: 1 noticed on a lot of things you do, you 
don't use a lot of panning. 
JB: I try not to; it's not really natural. I would do 
it if I thought the act called for it. For example, l 

think the panning in that Bob Seger record, 
"Her Strut," where guitar through a digital delay 

volume of the rhythm section. Why is that? 
JB: Then again, that depends on the act. With 
Little River Band, the reason you try to make 
the rhythm section constant is because that 
sounds better on the radio. The station's limiter 
is not going to play havoc, and it's going to help 
for a tighter, more even sound. There are some 
dynamics in the rhythm section, but not 
compared to some of the dynamics you can get 
with other instruments. With Little River Band, I 

would try, when those instruments come in and 
out, to make the dynamics natural in their 
conception, so that they arise out of something 
that might sound natural; sort of seamlessly 
going through one thing into another. With the 
first Boston album, on the song "Long Time," 
we mixed that to have deliberately violent 
dynamics. The rock and roll impact of it was so 
pleasing, was so strong, that you wanted to do it 
like that. There is a spot where it just cooks 
along with the bass, drums, and a vocal. All of a 
sudden a double rhythm guitar comes in so 
loud, it's louder than anything on the track. That 
effect is the essence of Heavy Metal - to go 
from zero to ten just like that. That tome is what 
that music is all about. So we're not making any 

attempt to be subtle there at all. It just 
depends again on the artist and the 
situation. THE BOYLAN 

RULES FOR PRODUCTION 
1 - Less is more. 

2 - Form follows function. 
3 - Cheerful musicians make better records. 

4 - No amount of overdubbing can cover 
a bad track. 

5 - Perserverance pays. 
6 - The producer is always ... at least 

usually ... partially right. 
7 - Sloppy records are generally made 

in sloppy studios. 
8 - If you want to say something about 

an overdub, you better be there when it's don 
(groups only) 

9 - When all else fails take a day off. 
10 - Be prepared to change any of the rules 

if it will help the record. 
11 - Try to exhaust the possibilities before 

you exhaust the musicians. 
12 - Go for sponteniety ... no matter 

how long it takes. 
13 An unlucky number. 

e. 

R -e /p: In the center of the head, it's sometimes 
very hard to hear. If you take it a little off- center, 
it comes out a little better. 
JB: Exactly. I'm a big snare freak. If you're 
listening to, for example, "Cool Change" by 
Little River Band, there's a big, fat snare sound 
right there - even though it's a ballad, which is 
something I like. I would prefer that if you close 
your eyes and envisage drums six or eight feet in 
front of you; that's the way you hear it. The toms 
would go around like that - panned from hard 
left, through center to hard right - the snare 
would be just a little off to the right because it's 
facing you. High hat is over there on the right as 
well, with various toms and cymbals going 
around. The kick should be dead center to 
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goes back and forth, is quite artisticallyi done. 
Phony as hell, but artistically done. It's okay; it 
works for me. Some of the panning in early 
Traffic or Zeppelin records were overindulgent 
or unnatural. 

R -e /p: How do you feel about the technique of 
mixing instruments in and out, changing levels 
on them? 
JB: Well, what you hope is that the players will 
play their own dynamics. If they don't, I try only 
to help it along. I don't like to create dynamics 
from scratch using the mixing process. I hope 
the dynamics will arise naturally out of the 
playing. 

R -e /p: In a live situation, dynamics are created 
by raising and lowering the volume of 
instruments. Dynamics can also be controlled 
by adding and subtracting instruments. On 
records, however, the rhythm section usually 
stays fairly constant. Of course, adding and 
subtracting instruments helps in the dynamics, 
but there's not really that much variance in the 

R -e /p: The material you turn out seems 
to be very cleanly recorded. Is that a 
result of a lot of overdubbing, or is that 
what you get from the first run through? 
JB: It is not the result of overdubbing. 
I've done some records with a minimum 
of overdubs. There were a couple of 
Ronstadt records where she sang with 
the track and we overdubbed nothing. I 
think it's just a refinement of recording 
technique that I've worked out with my 
engineers. It's much easier to work if 
you don't get yourself into any distortion 
or bad recording problems - again, pre- 
production and good preparation. I 

never try to record one single note the 
first day in the studio - sounds. By the 
time some drummer has been hitting on 
the snare drum for hours, he doesn't 
want to play; he wants to go home. I 

always lock the studio out. The guy 
shows up at two-o'clock, or whenever, 
sits down, and the sounds are already 
there. He picks up the headphones and 
he knows what they're going to sound 
like. He starts playing; it's comfortable. 

he sound are all clean, because they were all 
worked on ahead of time. 

R -e /p: I have two questions now. Is everything 
really isolated; does super -isolation get that 
clean sound? 
JB: Yes and no. In rock and roll, it's very 
isolated. It has to be, because you're dealing 
with volumes that are very loud. 

R -e /p: Do you use small amps for that, or large 
amps? 
JB: No, we use attenuators - large amps with 
attenuators. We use 100 -watt Marshall stacks, 
but put a variable attenuator between the power 
head and the speaker cabinet. Attenuators are 
better than master volumes for me. For some 
reason the change in volume doesn't seem to 
affect the tone as much. Of course, if you're 
overdubbing, you don't have to worry about the 
attenuator. I use a combination of close and far 
miking, or two different amps, or whatever. In 
rock and roll, isolation is important. For other 
kinds of music, it isn't. On some of the Little 
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The audio professional 
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... you try to get the presence of sound on the 
tape with miking ... so you don't have to do it 
later ... If you are doing it off the tape you're 

equalizing noise as well as signal ..." 

River Band tracks there are definite room 
sounds and ambience between the instruments 
that you don't get with isolation. There you 
must have ambience. 

R -e /p: I just designed a studio where we built in 
three amp traps, about 4 feet by 4 feet, and 
about 8 feet high - all double wall construc- 
tion. The amp is put inside with the mike. You 
have a female phone plug in the wall for the 
guitar cord, and that goes through the wall to 
the amp inside. You can get any sound you 
want at any volume, with almost complete 
isolation during live recording. 
JB: That's a great idea. Of course, more 
isolation rooms in studios would help, too. Most 
of the rooms I work in have traps. Not tike what 
you just described, but mildly trapped and if you 
baffle well, you can get away with it. 

R -e /p: You mentioned sounds before. This is 
my other question: Do you see a marked 
change in the way a person performs 
depending on the sound he gets from his 
instruments? 
JB: If a guitar player is not happy with the way 
his instrument sounds, he just doesn't play well. 
That's an absolute fact of recording. The player 
must be comfortable with what's coming out of 
his instrument or he's not going to play well. 

R -e /p: Doing too many overdubs tends to rob 
the particular track of a group's energy, don't 
you think? 
JB: Yes. Too many overdubs can do that. But if 
you're very careful about what you're doing, 
you can minimize that effect. One of the ways is 
to record the basic track with all the instru- 
ments, and then re -do the ones that have sound 
or leakage problems. Another way is to be well - 

rehearsed, because the effect of not being able 
to hear all the other instruments becomes 
minimized a little bit. 

R -e /p: You don't tend to use much outboard 
gear, do you? 
JB: No. I have used Eventide Harmonizers, and 
DDLs before they became available in most 
consoles. I used parametric equalization as far 
back as 1973, but the need for outboard gear 
has lessened as consoles have become more 
sophisticated. A lot of them have built -in limiters 
that are very good, and parametric equalization 
in every channel. I think the outboard gear is 
now used mostly for effects rather than to save 
something. But then people like Georgio 
Moroder started to use it as an artistic tool, 
which I would do if the situation called for it. 

R -e /p: With the Little River Band, you seem to 
be really into vocal sounds. 
JB: They're such good singers, that it's easy to 
emphasize the vocal sounds, and they can re- 
create those sounds on stage. If a singer's that 
good, they should put their best foot forward. 

R -e /p: So you really don't do anything to get 
that real smooth sound? 
JB: Well, yeah, we use little tricks of the trade. 
All Little River Band vocals have been 
meticulously double- tracked through overdub- 
bing. 
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R -e /p: And then you pan them left and right? 
JB: Yeah, sometimes triple- track, and 
sometimes all sung together to get an ambient 
sound on one mike. Normally, you would put 
the lead vocal down and then add the 
background, but the L.R.D. is so tight. Glenn 
Sharroc used to sing a song without the chorus - just the verses - and then all three of them 
would stand in front of the same mike and sing 
the chorus together. You could just move them 
around until the blend was right on the single 
mike and you'd have it. If you double -track that, 
and the blend is right, it's an amazingly spacious 
sound with a good effect. On "Cool Change" we 
did that. Sometimes I stack parts, or have the 
singers switch parts when they double- track. 

R -e /p: How do you get the depth, space, and 
presence in a sound? 
JB: Well, I use certain microphones to do that 
which my engineer, Paul Grupp, got me into 
using. The one mike that I am very glad he 
recommended is a B&K. It's an amazingly flat 
microphone; very present. They're $3,500 - 
very expensive - and were designed originally 
to voice speakers. However, my engineer hit 

any drummer I have on a 
session would be capable - I hope - of playing anywhere 

in the beat ... on the front 
edge ... the middle ... in 
back of the beat ... or 

wouldn't have him there ..." 

upon the idea of using it on vocals and some 
acoustic instruments. It has proven to be an 
amazing asset. I never used it with Little River 
Band, because we didn't have any down in 
Australia. Instead I used AKG 414s; those were 
the first super -present condenser microphones. 
But the B&K is amazing, because you can get 
presence far away from the source. You don't 
have to use a pop filter, or put anything in 
between; you don't get any lip noises or breath 
blasts because you're far away. You can record 
an acoustic guitar and vocals together, with an 
amazing degree of clarity, by keeping the mike 
at a distance. You get no finger pick noise, or 
string noise, no lip smacking. I've used that mike 
on almost every record I've done in the past 2/r 
to 3 years, for lead vocals and all acoustic 
instruments. 

R -e /p: And you still get the low frequencies, and 
the bottom end? 
JB: You still get total frequency response, 
because the microphone is so flat - it has to be 
since it's used for voicing rooms. So I'm very 
happy that Paul came up with that notion. In 
general, you try to get the presence of sound on 

to tape with miking, or with whatever you have 
to do, so that you don't have to do it later. If 
you're doing it off the tape, you're equalizing 
noise as well as signal. This goes back a long 
way, especially on vocals. I used parametric 
equalization and high- quality condenser mikes a 

long time ago, in order to get that presence from 
the vocal sound. 

R -e /p: Do you find that when you EQ too much, 
you get some phase shift occasionally? 
JB: Yeah, sure. It depends on the equalizer, of 
course. Graphics ring like crazy; you get phase 
correlation problems with all equalizers. The 
idea is to find a microphone where you don't 
have to equalize that much. With a 414 or the 
B&K, you never have to equalize more than 1 or 
2 dB. A high -quality parametric shouldn't prove 
any problem. 

R -e /p: Let's say, sometimes a song doesn't 
rush, but it's really not in a groove. Other tunes 
can vary a little bit, but the groove is just so big, 
you can put a train in it. What makes that 
difference and how can you change it, if there is 
that problem? 
JB: I wish I knew. I think if you've got a case like 
Charlie Daniel's band, which is a good -time, 
happy, bar -band type of organization, you've 
got some room in the groove there. The overall 
feeling is generally pretty spacy. That rigid, 
disciplined groove is not required. The style of 
Charlie's music dictates that you can drive a 
truck through the groove, and it will still be 
okay. With another kind of music, you're in 
trouble if you get out of time. I think straight 
country music, like that Johnny Lee tune, 
should be exactly in time. If that speeds up or 
slows down, you're in trouble. With Little River 
Band, with very rare exceptions, we tried to 
keep the groove exact. With Boston, we used a 
click- track. 

R -e /p: Was that a matter of having trouble 
keeping time, or just a function of what the 
music wants to be? 
JB: Just a function of what the music wants to 
be. As a matter of fact, Sib Hashian is one of the 
few drummers I know who can successfully play 
with a click- track. Michael Botts can do it. I 

know a few drummers who can do it, but some 
of the best drummers in the country can't. 

R -e /p: Which leads me to another question. 
There are basically three places in a beat that 
you can lay a backbeat. You can play it just a 
little bit ahead; it's not that it's rushing, but it's 
towards the front of the beat. Ed Shaunessy 
may play towards the front of the beat with the 
Tonight Show band to give the music drive and 
,energy. Then you have most groups who 
usually play right dead in the center. Finally 
there's some people like Bernard Purdie, Max 
Weinberg, or Al Jackson, who lay it towards 
the back of the beat. 
JB: That's very astute of you to realize that. 
There are three positions in the beat, and each 
one serves a different function. A lot of the Stax- 
Volt records of the mid- to late -60s had that 
feeling. A drummer named Roger Hawkins is 
very good at playing right back the beat. He can 
also pop right in the middle of the beat. Certain 

Mastering? ... I cut a flat ref right away, no EQ 
... take it home, listen to it and decide what's wrong .. . 

then try a few things ... cut another ref with trial EQ and level .. . 

the main thing is no drastic level discrepencies . . . 
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Our new M SERIES puts PM -2000 
performance within your reach. 

Yamaha's PM -2000 mixer has established itself as an industry standard. Our 
new M Series mixers maintain that standard of performance -with the features, 
price, and size to meet your demands. 

The M Series makes an excellent choice for live sound reinforcement main 
or submixers, as well as for theatrical, church, and broadcast uses. 

The M508 and M512 are identical, except the M508 has 8 input channels and 
the M512 has 12. Both have 5 outputs and 4 mixing busses. 

And both have, in the PM -2000 tradition, generous 
headroom, ultra -low noise, ultra -high gain, and 

tremendous flexibility. 
The M916 has 16 input channels, 19 outputs 

and 11 mixing busses for more complex 
demands. You will feel the PM -2000 heritage 

in the M916's 

smooth 
control. And see it in the 
logical layout. And hear it in 
the performance. 

It's all part of the M Series aim -to put PM -2000 
performance well in hand. Visit your Yamaha dealer for more 
information or write: Yamaha, Box 6600, Buena Park, CA 90622. 
In Canada: 135 Milner Ave., Scarb, Ont. MIS 3R1. 

Because you're serious. 
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ORTH HOLLYWOOD, CALIFORNIA 91605 

for additional 

JUST FOR THE RECORD 
One of the basic reasons you'll ever require more input 

modules for your console than tracks on your multitrack 
recorder is for effects and external processing equipment. 

Each input /output module in our "D" series console 
provides the enginea r with two complete line inputs. One for 
the tape track and âne for the effect. This is made possible 
with a second line i iput that gives you slide fader level 
control. equalization. pan, and channel mute. So during a mix. 
when an effect is r turned to the I O module. it's returned to 
the second input s tion on the same module it was sent from. 

This keep:you and all that -audio very wail organized. 

THE "D" SERIES 
RECORDING CONSOLE... 

is available with 16. 24, or 28 I O modules. That's 32, 48. 
or 56 line inputs respectively, but the mainframe and patchbay 
for all input configurations are wired standard for 56 line 
inputs, 32 track tape operation (or two 16 track recorders), 
and all console connections are accessed via 8 high density 
gold pin connector blocks. 

Please call or write for further details and brochure about 
the "D" series recording console. 
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records like "Mustang Sally" by Wilson Pickett, 
or "Respect" by Aretha Franklin, pop right in 

the middle of the beat and that gives you sort of 

a bounce. But to me, ahead of the beat is always 
a problem. l've never cared for that particular 
style. There's a lot of it in the New Wave music. 

In fact, I'm dealing with it now with this new 

band, Great Buildings. The problem with 
playing ahead of the beat is that the listener 
generally becomes disoriented. 1 don't think it 

has a good effect on the listener. 

R -e /p: Do you think subconsciously it makes 

them nervous? 
JB: It imparts a subconcious franticness; I don't 
believe it's pleasing. It's good in a live situation 
because all the other elements are there - the 

visual elements and all the various things that 
make up a live performance. But with rare 
exceptions on records, I don't think it works. It 
did work on Charlie Daniels. 

R -e /p: If you're working with someone in a 

studio that has a problem like that, how would 
you deal with it to try and get more of a relaxed 
feel? Is there something you can do? 
JB: Yes. First of all, you just try and talk to them 
about it. Assuming the guy is a professional, 1 

say: "1 want you to play on the back of the beat." 
If he's really on the front edge, I might 
exaggerate by telling him to play way back on 

the beat, hoping he will compensate and end up 
in the middle. If that doesn't work, I haul out the 
old metronome and tell him I want him to hear 
the metronome beat before he 
plays. You have to talk him into it. 
Frankly, any drummer 1 have on a 

session would be capable - I hope - of doing anything I asked him to 
do or I wouldn't have him there. In 
fact, most of the best studio drum- 
mers can give you what you want. 
A lot of troulble with producers is that they are 
afraid to ask high- powered studio cats to do 
something. I think there's a psychological factor 
there. I know a lot of producers who don't want 
to upset a "Star Studio Player." But hey, who's 
paying the bills here? So I just ask for what 
I want. They're more than happy to give it to 
you. If there's anything they hate to do it's 
flailing around in the dark. 

R -e /p: What do you think would be the last 
production trick you learned? 
JB: The last production trick that I learned? I 

hope it was yesterday; I'm trying to think what I 

learned yesterday. Well, the last major 
production trick that I learned is concerned with 
tuning. I now use a quartz crystal 440 Hz tone 
imprinted on the tape. I print it on channel 24 all 

the time while cutting basics. It was conceived 
by my Australian engineer, Ernie Rose, and 
executed by an Australian engineering firm 
called Sontron. It's simply a line -out, quartz 
crystal, 440 Hz generator, accurate to four 
decimal places. We use it at the beginning of the 
day to calibrate the strobe tuning. As far as 1 

know, I'm the only guy who does this in 
America. When we go to overdub on the track, 

if there's a slight variation in tape speed, we 

simply play back the tone into the strobe tuner, 
and re- calibrate it against the tone. I expect 
everybody in the world will be doing that within 
a year -and -a -half! 

R -e /p: As soon as they read this interview. Do 
you have any hobbies at all? What's your 
favorite? 
JB: Writing is the thing I like to do most. I keep 
notebooks and write all kinds of things, little 
sketches, songs, screen plays, novels, 
whatever; I love to write. I also like to ride a 

bicycle to keep in shape, because you abuse 
your body enough during the recording process 
with all -night sessions, etc.1 ride my bike five to 
ten miles every day. 

R -e /p: Is there something that you may haue 
learned from bike riding that you could apply to 
production? 
JB: Most of my general production ideas came 
from when I was an acting major in college. I 

studied directing and acting for four years. It's 
all the same really: directing a movie or a play; 
it's all creating the atmosphere, moving the 
players around. Once you get the notion that 
you can cross ideas from one medium to 
another, you can do anything. Cross bike riding 
with writing; writing with producing; and so on. 

R -e /p: I studied cartooning for a while, and just 
a subtle change at the end of a line would 
change the whole complexion of the face, the 

named Wally Traugott. l cut a flat ref right away, 
no EQ or anything. I take it home, listen to it, 
and decide what's the matter with it. Then I go 
back to Wally, try a few things, and cut another 
one with a trial EQ and level. The main thing is to 
make sure that there are no drastic level 
discrepancies between cuts. I take the disc 
home, listen again, and if it's good, I go with it. If 

not, I keep refining it until it's right. The Urban 
Cowboy album was a nightmare, not because 
it's a terrible album - it's a great album - but 
because I got the tapes from everywhere. Joe 
Walsh sent a tape down from Santa Barbara - 
30 ips, no Dolby; Dan Fogelberg sent a tape 
from Colorado - 15 ips, Dolby on 456; I got a 

tape from Nashville that wasdbx; I got 206, 250, 
406, and Agfa - every kind of thing. I had to cut 
them all together for the album; it was just a total 
nightmare. I spent four straight days at Capitol 
mastering it. The first thing I did was transfer it 
all to digital tape. At the same time, I copied it to 
15 ips Dolby on high -grade analog tape. When 
we were ready to master it, we could not get a 

stable digital machine to work at Capitol. So we 

scrapped the original digital tape and worked off 
the compiled analog master. But EQ changes 
between songs were drastic. We put in four 
solid eight -hour days to do it. The album wasn't 
perfect, by any means. There was no way it 

could be, because everything was mixed in 

different studios on different tape at different 
speeds. 

R-e/p: You mentioned using digital. Haue you 
done any recording to digital? 
JB: Not direct. Right now, I'm not 
crazy about the sound of multi- 
track digital. The lack of extreme 
high -end bothers me. I love the 
sound of air above 20 kHz - harm- 
onics, or the suggestion of 
harmonics. For example, if an 

instrument has a tone that consists of 
something at 10 kHz and something at 22 kHz, 
what you get besides these fundamentals are 
multiple sum and difference harmonics between 
those frequencies, all the way out past 
audibility. Digital is not going to print anything 
that's above 20 kHz or the sub- harmonics, 
whereas an analog master will print them. They 
may be down 30 dB, but they're still there. So if 
you have those harmonics on the analog 
master, you mix to digital and you combine 
everything together, the effect of those 
harmonics is going to be there. The effect will 
still be there whether you print it on digital, or 
not. If you've lost the harmonics - if you print 
the digital - they're gone forever. There's a 

certain sound about it that's still not right for 
me. However, I'm in love with digital 2 -track 
because of the transients you lose transferring 
from analog to analog - for example, snare 
transients.. I mix to the 32 -track digital and 
stack the album mixes on tracks 1 and 2, then 3 

and 4, and so on. When you compile and edit the 
album, you go to the 4 -track machines. l've been 
using the 3M Digital System, but will be trying 
the Sony system as well. I also do an analog mix 
in case I run into problems, because digital 
machines still suffer from a lot of interface 
problems. 

Multitrack Digital Recording? 
... Right now the lack of high -end bothers me. 

I love the sound of air above 20 kHz ... the 
suggestion of harmonics .. . 

... the Sontron 440 Hz, 
line out tone generator - 

whole meaning of the cartoon. You can take 
those little subtleties and apply it to recording in 
terms of musical lines. You can change it just 
subtly, and it will alter the whole feeling of the 
line and section of the song. 
JB: Exactly. It's hard to articulate specifically, 
but if you just talk about it like you do, in general 
terms, then that's what it is. I agree. 

R -e /p: When you go in and you're ready to mix 
your master, what's the first thing you do? 
JB: I try to save all the mixing to the end. I also 
try to lock out the studio so 1 can leave a mix on 
the board every night. In fact, the only time I 

don't lock up the studio is during the 
overdubbing process. In mixing, I try to set all 
the non- variables up first, like the echo sound. If 
it's a band with the same drummer all the way 
through, I try to get the drum sound and just 
leave it. When I was mixing the band Angel City, 
which we mixed digitally a few months ago, the 
drum sound stayed for the whole album. The 
set -up is very important. You lock the studio 
out, get the echo right, get the drums and bass 
right, the basic instruments right, and after that 
it's just making moves. I also run back and forth 
between the studio and the house, because I'm 
very familiar with my home stereo and Otari 2- 

track. I just go home, listen to a mix, and then go 
back to the studio and try something else. I also 
use home speakers in the studio. I guess a lot of 
people do that. I use three speakers when I mix: 
JBL 4311B, Auratones, and Westlake s 4 -way, 
phase -correlated monitors. 

R -e /p: How involved do you get in the 
mastering? 
JB: I master all my records at Capitol with a guy 

R -e /p: Where do you see music going in the 
Eighties? 
JB: I wish I knew. I'd be a lot wealthier than I am 

now. 1 can say what I like, but that would be 

about it. 

R -e /p: Well, usually when times are soft, 
financially, music gets hard, and when times 

.. continued on page 40 - 
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Have you heard the board 
With digital recording that delivers 96 dB dynamic range. 

your board may be the noisiest component in your studio's 
signal path. If it is. you might consider replacing it 

with the new Auditronics 532 console 
with noise contribution so low it 

approaches the 
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that's quiet enough for digital? 
theoretical limit. In addition to the quietest open -channel you've ever heard, we 

also give you such state -of- the -art features as VCA sub -grouping. transformerless 
inputs, four -knob parametric type EQ. and full automation with our AUTO - 

TRAK® track selector and Allison 65 K programmer. 
Listen to the board that's good enough for digital. the 532 Memphis Machine. 

Exclusive western distributor: Exclusive eastern distributor: 
Westlake Audio (213) 655 -0303 Valley Audio (615) 383 -4732 

ouditronicf inc. i4 

3750 Old Gerwell Rood, Memphis, IN 38118 J 
(901) 362 -1350 
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VIDEO RECORDING ... What's going to work? 
Things that beur repeated experience ... You 

can listen to a record lots of times! ... How many times can you watch a movie .. . 

or a Saturday Night Live? 

are hard and money gets tight, music gets soft. 
According to recent forecasts and studies, 
there's going to be a massive rise in the 
population of the under -fine year olds by 1985, 
which means there's going to be more family 
units. Do you think that will forecast a shift in 
lyric content from the, let's say, "Let Me In Your 
Pants After the Dance" type of song, to more of 
a romantic, family -oriented theme? 
JB: First of all, I take issue with the notion that 
there will be more people under five in the 
1980s. I don't know what they're predicting that 
on, but I don't see any increase in the birth rate. I 

don't mean to argue with the forecasts, but birth 
and death rates are down, and the country's 
getting older. The median age in the United 
States is rising. When this post -war baby boom 
hits 60, it's going to be the largest senior citizen 
group in the history of this country. I disagree 
with those figures. Your other statement is 
much more astute. When times get tough, radio 
tightens its belt and plays sure things like soft 
rock. They try to get their ratings up, use 
passive research, and radio ceases to sell 
records as much as it does in active times. 
That's happening right now, unfortunately; 
radio is very soft. If you open Billboard, the first 
rock and roll record you find on the charts is 
"Hit Me With Your Best Shot" by Pat Benatar. 
Everything is very soft rock - like Chris Cross, 
or Streisand - or black -oriented things, such as 
the Jacksons. They're all very adult, 
contemporary -oriented. New Wave and rock 
and roll, unfortunately, are just not selling as far 
as singles and mass radio goes. Of course, the 
big hard -rock acts, like AC /DC, is still selling. 
But the outlet for new music is changing from 
radio to different areas - like small clubs. If 
anything is going to happen, I think that artistic 
things are going to develop out of a softer 
musical context. Steely Dan is a prime example: 
they're a huge band right now that doesn't even 
tour - their only outlet is radio. They are the 
most progressive act now using radio as their 
main vehicle, and I think we're going to see more 
of that. Chris Cross with intelligent lyrics. 

R -e p: But they're not particularly romantic in 
any way. 
JB: No, they're very cynical. If times stay tough, 
things get cynical. If Reagan turns the economy 
around, then I think it will change. I really think 
you're right in terms of that it will be a function of 
what happens to the economy. Rock and roll 
was born in the Eisenhower years. And yet the 
most important advances in rock and roll 
happened during the Kennedy years. Dylan, 
Stones, Beatles, all occurred during a liberal 
time period - the time of Kennedy, of 
"Camelot," and the opening of consciousness. 
The original rock and roll - Little Richard, Elvis 
Presley, Fats Domino - occurred during the 
bland Eisenhower era, in which people were 
sort of asleep. Rock and roll was a rebellion 
thing against that. The Wild Ones ... James 
Dean types . were rebelling against the 
soporific situation. 

R -e /p: And the cycle's come around again? 
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JB: Let's wait and see what kind of administra- 
tion we've got coming; then we can predict. I 

love to hear cynical lyrics, commenting on 
things. I love to hear romantic songs; I'm a real 
soft touch for that as well. If the romanticism is 
spiced with a little reality -a la Hemmingway, 
Bogart - that's the best for me; that tough 
romance. I'm not crazy about gushing romance. 

p: You also stated that you'd like to see 
more planting and less harvesting; more 
original music than remakes. But then you 
mention the 25- to 45 -year old generation, 
which is the biggest generation that's out now, 
and you just got done talking about the music of 
the 50s, and 60s, and 70s -a whole wealth of 
material. That's our nostalgia, just like our 
parents had Gershwin and truing Berlin, Cole 
Porter, and all the standards. Don't you think 
it's very important to do those remakes to 
entertain this 25 to 45 audience? 
JB: If that's what those people want to hear, and 
they dominate the market, then we're going to 
give it to them. Because this is a business, after 
all. I'm hoping that, at the same time, there's 
some sort of breakthrough and these new acts 
will wake people up and get them going. I was 
real happy to hear the Pretenders record. I love 
the fact that the Police came along. I was afraid 
of going to sleep; you need something new every 
once in a while. I like nostalgia as much as the 
next guy, but you can't harvest, you must plant. 
Fortunately, the age group that goes for the 
Pretenders and the Police doesn't dominate the 
market right now, because of the baby boom 
from '46 - '52. 

R -e /p: Do you feel you will be getting into uideo 
production? 
JB: Yes, absolutely. I have three machines, 
camera, tons of video tapes, computers, this 
and that; I'm ready. I'm trying to develop video 
skills and video technology, and I'm waiting to 
see what effect video discs will have on the 
market. I'm waiting to see if video tapes really 
sell. What would happen if you compiled certain 
rock and roll tapes or discs tike The Best Of .. . - would they sell? Then I want to know if this 
Blondie video cassette sells. I'm hoping that l'II 
be ready, that I'll be able to produce an audio- 
visual package. 

R -e /p: Again, according to the statistics, the 25- 
to 45 -year old generation is the biggest 
audience. And most of the music sold is rock 
music - soft, medium, and hard - because 
this generation was raised on rock 'n' roll. The 
number of families is increasing, and along with 
rising gas and entertainment costs, it will 
probably be keeping more people at home. 
That means there will probably be a growth of 
in -home entertainment systems sales. What do 
you see that leading up to in terms of video 
entertainment? 
JB: I see that making a geometric leap in the 
amount of video entertainment available. Gas 
costs too much money; you don't want to go 
down to the theater. I think it's going to be not 
only through a sales process - the purchase of 

video discs or video tapes of movies or music, or 
whatever - but also a cable communication 
situation. You're going to be able to tap into 
more and more channels. There's no way I 

could even begin to watch what's available to 
me through cable television. I can get Atlanta, 
Chicago, Canada; anything I want. And I don't 
have to leave my house. So video will be very 
important, and we have to provide software for 
that. 

R -e /p: What will the format be? 
JB: I wish I knew. The first format that seems to 
be working is movies. Movies are something 
you can watch more than once. How many 
times can you watch a clip of Jagger doing 
"She's So Cold ?" The ability to experience an 
artistic performance more than once is the 
criteria on whether anyone will, or will not. buy 
it. Therefore, you have two things with which 
you're going to have to start dealing: (1) Rentals - either through the mail or through some 
depot. Because people don't want to pay for a 
concert on video, they will rent it, watch it and 
then send it back. Maybe they'll even try to copy 
it. And, (2) you're going to have the proliferation 
of video tapes and discs that bear repeated 
showings. Records, of course, have always been 
repeated experiences; you can listen to records 
a lot of times. How many times can you watch a 
movie, or Saturday Night Live. So those are the 
two (actors, I think: rentals, and sales of tapes 
that bear repeated experience. 

R-e /p: Do you feel that established rock stars 
could make a good transition to video? 
JB: Yeah. I think Bowie has the artistic 
sensibility to do it. Mike Nesmith is very much 
into this and I think he could be a prime mover. 
Maybe Todd Rundgren. There are certain 
artists, shall we say, who are gifted along these 
lines. It's like when silents went out and talkies 
came in. Some actors just went down the tube 
because they sounded funny when the talked. 
They looked great on the screen, but they 
opened their mouth and it was over. 

R -e /p: Well, same with musicians, 1 guess. Do 
you haue any advice for new producers? 
JB: Yeah, learn something else. I'm not trying to 
be facetious, but when I came up into 
production, it was a lot easier. Now it's tough. 
You're either going to have to come up through 
engineering, musician, arranger, or artist - 
those are the four ways to get into production 
nowadays. I don't think there are going to be 
any more line producers that don't have a 
background in one of those. I was a session 
player and songwriter in my early career, so I 

came up through something. If anyone wanted 
to be a producer, I would recommend going to 
engineering school, or music school. 

R -e /p: Just one final question. How important 
do you think a positive attitude is? 
JB: It's absolutely everything. It's something 
you must have. Confidence and desire are 
probably the most important things. 
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SuperGroup shows console group status at a 

glance, eliminating the need to scan each module. 

UPDATE 
Series 40: The Sound Workshop 

theory of evolution. 

The Series 40 is the latest link in the 
evolution of progressive recording 
consoles from Sound Workshop. Having 
incorporated the most recent audio 
advances into the highly acclaimed 
format of Sound Workshop's Series 
1600, the new Series 40 offers today's 
recording engineers the ultimate in 
sonic excellence and flexibility while 
maintaining Sound Workshop's 
reputation for highly cost -effective 
recording gear. 

The overall intelligence of design 
enables the Series 40 to offer a wide 
range of advanced features as 
standard- 

Eight send busses configured as two 
stereo and four mono cue /effects 
sends. 

22- segment. graphically enhanced 
LED metering with peak indicators. 

Transformerless balanced outputs. 
Transformerless microphone preamp 

featuring the TRANS- AMP,MLZ* 
Updated summing configurations and 

lossless panning which yield superior 
noise and crosstalk performance. 

Unique Mixx switching which enables 
each input module to accept a line -level 
return in addition to its primary signal 
source, thus doubling the number of line 
level inputs. Essential when employing 
a multitude of effects. Also permits 
mixdown of two synched- together 
multitrack machines. 

Handcrafted, solid oak cabinetry. 

In addition, the Sound Workshop Series 
40 offers a variety of options- 

VCA input subgrouping package 
which utilizes EGC -101 electronic gain 

for additional information circle no. 21 

cells for state -of- the -art VCA 
performance. 

Arms Automation -Sound 
Workshop's proven, computerized 
mixdown system featuring independent 
writing of levels and mutes, essential for 
automated mixing. Fully compatible with 
MCI JH -50 automation. Arms 
Automation includes SuperGroup- 
Sound Workshop's unique VCA 
grouping feature which allows computer 
control of all VCAgrouping functions. 
SuperGroup includes "Solo Dim" and 
negative grouping which enact grouping 
functions and level changes unavailable 
on competitive systems. 

High resolution, multicolor VU bar 
graph displays featuring average, peak, 
and peak hold modes for both level 
monitoring and spectrum analysis. 

Choice of three EQ formats - 
switchable, sweepable, parametric -for 
console customization. 
Sound Workshop is sensitive to the 
immediate fiscal demands that face the 
growing studio operation. All of the 
options above, therefore, may be 
retrofitted to the Series 40 or any 
existing Series 1600 console. 
The new Series 40 from Sound 
Workshop. Flexible. Sonically excellent. 
Up -to -date. 
The evolution continues. 

'TRANS -AMP,,, LZ is a registered trademark 
and is manufactured by Sound Workshop under 
exclusive license from Valley People, Inc.. 
Nashville, Tennessee. 

Elound workshop 
Sound Workshop 
Professional Audio Products, Inc. 
1324 Motor Parkway 
Hauppauge, New York 11787 
(516) 582 -6210 Telex 649230 
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NOISE LEVEL 
BUILD -UP 
RELATIVE 

to 
REFLECTIVITY 

. . . control room design 
to minimize mechanical 

equipment noise .. . 

by 

Michael Rettinger 
Consultant on Acoustics 

In the following we are not concerned with 
control room noise produced by an air 
conditioning system, or by the transmission of 
disturbances through the walls, ceiling or floor 
of an enclosure. Rather, we are concerned with 
rumble, clicks, and pulsing produced by various 
pieces of recording and reproducing machinery 
often located against the rear wall of the control 
room, behind the mixing console. 

Equipment noise may be caused by the 
operation of recorders, tape reproducers, 
counters, and various other pieces of 
machinery located there. Most often the 
offenders are fans mounted within equipment to 

keep it cool, but the disturbances may also be 
generted by tape reels, movable tape guides, 
take -up or hold -back motors, and internal 
pulleys and gears. Most frequently very little can 
be done to lower the noise level of such sources, 
since such devices as slower fans simply are not 
practical. Also, plastic instead of metal gears 
cannot very well be introduced by the studio 
without losing warranty on the equipment, or 
causing some unexpected side effects. The 
simplest method of reducing unwanted noise 
would be to provide a housing around the 
equipment, or locate it in another room, both of 
which methods of noise reduction entail 
operating disadvantages. 

Figure 1 illustrates the build -up of sound 
power when a source of sound is placed near a 
reflective wall. This change in power output is a 
function of the ratio of distance between source 
and wall to the wavelength of the signal emitted 
by the source. 

Figure 2 ilustrates the build -up in noise level 
at a given point in the room - such as the 
mixing console of a control room - when the 
source position at the rear wall is changed, 
along with reflectivity of the immediate 
environment. Thus, if the noise level at a given 
distance from the source in the open is 40 dB -A, 
the noise level at the microphone may rise as 
much as 9 dB, to 49 dB -A, when equipment is 
placed in a corner of the room at which three 
reflective orthogonal surfaces meet. 

It has been the experience of this investigator 
that when the highly absorbent rear wall of a 
"conventional" control room is made highly 
reflective to achieve a live -end/dead -end 
(LEDE) control room, the noise level at the 
console due to the equipment disturbances at 
the reflective rear wall was readily noticed by 
the mixer. 

Figure 3 shows how noise at a mixing console 

may be reduced a few decibels when the 
equipment is either very noisy, or is placed 
against a reflective rear wall. Directly in front of 
the machines are erected 34-inch thick Lucite 
sliding doors about a foot higher than the 
equipment so that, if desired, it may be 
observed at all times from the mixing console. 
The wall behind the equipment is rendered 
highly sound- absorptive to reduce the noise 
level there as much as possible. This may be 
advisable only in a LEDE control room, since 
the mixer working in a "conventional" control 
room would probably dislike signal reflections 
from the Lucite cabinet walls. f7 

w 
w 

1 

S 

d 

1 1 1 1 1 1 1 1 1 1 

5 10 
2rrd 

X 
Figure 1: Effect of a reflective surface on the acous- 
tic power output of a point source as a f unction of dis- 
tance d between source and hard barrier. W is the 
power output of the source in a free field I is 
sound image of source S 

Figure 2: M is microphone; S is noise source; H are hard surfaces, while all other room surfaces are highly sound- absorbent; (1 is the directivity 
factor of the source. When Q is 1, (anechoic room) noise level at microphone is, say, 40 dB -A; when Q is 2, the noise level at microphone is 43dB- 
A; when Q is 4 the noise level at the microphone will be 46 dB -A, and when Q = 8, the noise level at the microphone is 49 dB -A. 

L L L L L L L L 

Figure 3: To reduce the noise at the mixing console of a control room, the noisy recording and reproducing equipment, E, may be placed behind 
sliding 3/8" thick transparent Lucite or Plexiglass panels. The wall directly behind the equipment should be faced with a sound -absorbent 
treatment marked A. 
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MAKE A DATE TO HEAR THE BETTER REVERB 
THE SYSTEM 5 

DIGITAL 
REVERBERATION 

PROCESSOR 

.c QuadEtghi t:I.ctromcs 

Less than half the price of 
an EMT 251. Slightly more than 
the Lexicon 224.And, System 5 
sounds better than both. It's 
the most advanced digital 
electronic reverberation sys- 
tem available. To hear it for 
yourself, pick up the phone 
and we'll tell you when we're 
going to be in your area. Be- 
ginning mid -February, we're 
taking System 5 directly into 
the major recording centers 
across the nation. 

When you hear System 5 
you'll experience a dynamic 
range of 103 dB; a signal -to- 
noise of 83 dB; total THD of 
less than .O2%; and a real 
frequency bandwidth in ex- 
cess of 14kHz. Wider, quieter, 
and cleaner than the others. 

You'll see demonstrated four 
individual reverb programs, 
four presets, 16 equalization 
settings and the micro- 
processor control that gives 
you 96,000 individual reverb 
settings. You'll also see that 
the small remote control can 
be patched up to 200 feet 
through a normal audio 
trunk line. 

If you don't think by now 
that you'd better give System5 
a serious listen, listen to 
this: it's the only automated 
reverb that can be addressed 
from a tape or disk for reverb 
changes on cue. 

Call us direct, now. Make a 
date to hear the better reverb. 
Quad -Eight Electronics 
(213) 764 -1516 

Quad -Eight Electronics/ Quad -Eight International 
11929 Vose Street, North Hollywood, California 91605, (213) 764 -1516 Telex: 662 -446 
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THE DIGITAL RECORDING SCIENCE 
... a comprehensive introduction to digital 
recording . . . comparative analog/digital 
parameters ... digital recording requirements 

Daniel Gravereaiax 

At last the most brilliant and energetic 
passages of a performance can have the lowest 
distortion; the delicate musical transients aren't 
smeared by wow and flutter or tape guidance; 
and playback on another machine does not 
change the sound whatsoever. These are the 
major advantages of PCM digital recording. 

There are many other benefits of digital, such 
as increased dynamic range, negligible 
interchannel crosstalk, no annoying tape print - 
through, no tape equalizing or head alignment 
and azimuth skew adjustments, or no future 
-opy generation loss, but none are as important 

the author - 
Daniel Gravereaux is the manager of the 

Sound Technobgy Department of CBS 
Technology Center in Stamford, Connecti- 
cut, where he has been involved in all 
phases of audio engineering since 1964. 
Starting with the miniature voice recorders 
which flew all Gemini space missions, he 
has developed innovative improvements in 
disc record fidelity, the SQ quadraphonic 
disc system, the Ghent microphone, and, 
most recently, managed the engineering of 
CBS's DISComputer'" Mastering System. 
He holds seven patents, has published 
numerous articles, really enjoys "clean" 
sound, and relaxes with his amateur radio 
station. 

as those first mentioned. 
To get a better perspective on digital 

recording, we should take a second look at 
recording. To date no recorded music using 
conventional analog methods, has ever 
captured the fortissimo of a concert without 
subjecting the sounds to the more non -linear 
portion of the medium (be it disc, tape, or film) - that is the region nearingsaturation. Further, 
this is a double -edged sword since the louder the 
sound, the more distortion we are able to hear. 
However, digital is completely the opposite: the 
louder the sound, the lower the distortion 
becomes. In fact, at a dB or so below clipping, 
we can expect less than 0.002% distort ion from a 

professional unit! 
Even a 1 kHz reference tone will sound 

exactly like the source oscillator. This is 
because PCM digital has essentially no wow or 
flutter. The difficult transients of a piano, drum 
kit, or even a harpischord or cymbals are 
completely preserved and re- creatable with 
digital. With these sounds you can hear the 
difference between the best analog (with noise 
reduction), and a PCM player. Even 13-bit PCM 
machines, with less dynamic range, will 
outperform an analog deck on transients, due to 
the lack of wow and flutter. 

Lastly, if the PCM digital machine is in 
working order, it will not require level or 
frequency response adjustment to accurately 
and faithfully reproduce any other tape from a 
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FIGURE 1: PCM DIGITAL RECORDING SYSTEM 
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THANKS! 
o 

..a.,. o... 

The 1980 -81 BILLBOARD Interna- 
tional Recording Equipment and 
Studio Directory again identifies 
Crown, for the fourth year in a row, 
as the first choice of US studios 
for monitor amplifiers. 

To all the many professionals 
in the recording industry who made 
that happen, we say a heartfelt 
thanks. 

We think we build very good 
amps. but your opinion is the final 
test. You have tested them all, and 
you have selected Crown. 

You have also been exposed 
over the last few years to a large 
amount of promotion which tried 
to convince you that-Brand X" or 
"Brand Y" was the choice of profes- 
sionals. We think the BILLBOARD 
numbers present our case much 
better than we could have ourselves. 

You also need to know that we 
do not intend to rest on our laurels. 
We intend to maintain this lead- 
ership, with new amplifiers that will 
make the Crown choice even 
easier for you. 

Cordially, 

Ken Woodcox 
Western Regional Manager 

Howard King 
Eastern Regional Manager 

)2471111) es S. Beattie 
General Sales Manager 

S ß.eeatt. 

crown 
1718 W. Mishawaka Rd., Elkhart, IN 46517. 

Innovation. High Technology. American. That's Crown. 
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similar machine. Head azimuth, equalization, 
and reference level basically have no 
adjustments. The operational advantages are 
obvious, particularly when dealing with out -of- 
town and international product! 

An enthusiast of digital tape recording must 
recognize, nevertheless, that at its present stage 
there are some major considerations - cost, 
complexity, compatibility, and editing 
capabilities. Presently, a professional 2 -track 
PCM tape system costs above $30,000, and 
multi -track units run well above $100,000. If a 

technical problem arises a PCM deck will 
probably require service by the manufacturer. 
Both the complexity of the deck and the 
technology employed are foreign to most studio 
technicians. Also, different manufacturers have 
adopted different PCM codes, different tape 
formats and speeds, and tapes are therefore not 
interchangeable between machines. 

The last problem is that of editing; digital 
tapes are a whole new ballgame. You can't 
necessarily just cut and splice two tapes 
together and get optimum results. A special 
"editor" device may be required and, as of this 
date, a few first production units are appearing. 
They work well - when they work - but still 
this type of editing is costly, time consuming, 
and will require a lot of "getting used to. " Usually 
at least two digital tape recorders are required: 
one for the un- edited tape, one for the edited 
result, and an editor, which itself contains a 
good deal of digital storage. 

Nevertheless, even with the considerations 
mentioned, digital is presently bringing an 
evolutionary advance to the fidelity of recorded 
sound. Many of the "growing pains" of this new 
technology are being solved in both concept, 
hardware, standards, and operational 
requirements. To the recording studios and the 
artist, a take on a digital tape deck offers such 
fidelity advances, that some of the operational 
problems are far outweighed. 

The PCM Concept 
Before continuing it might be good to review 

the basic concept of digital recording - in 
particular, a general pulse code modulation 
(PCM) tape recording system. Besides 
providing a background for understanding 
digital concepts, this will give credence to some 
of the earlier stated generalizations. 

First, an analysis of what is to be accomplish- 
ed. That is the replacement of conventionally 
recorded (analog) tape, wherein the degree of 
magnetism (remanence) at any point corres- 
ponds to the audio signal, with a coded 
representation of the same signal. Then, upon 
playback, we just have to recognize the code to 
recreate precisely the original audio signal. 

Figure 1 is the basic PCM recorder block 
diagram. First the audio is passed through a low - 
pass filter to assure that the signal is confined to 
the audio band. Then it is converted into digital 
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by an analog -to-digital converter (ADC). The 
process is essentially simple in concept. At 
precise instances in time the audio voltage is 

measured (sampled) and stored. A binary 
number, equal to this voltage, is generated, and 
then recorded on the tape. Upon playback, the 
binary number is read and decoded back into 
voltage samples. The voltage samples, which 
are caused to appear at precise time intervals, 
are then passed through a low -pass filter, which 
essentially connects the voltage samples 
together to recreate the original continuous 
audio waveform. 

The audio fidelity - frequency bandwidth, 
dynamic range, and distortion - are totally 
dependent upon the choice of sampling 
frequency, and the number of bits used in the 
binary code. 

Sampling And Binary Code 
Figure 2 illustrates the sampling process. At 

precise intervals, the audio in 2a is examined, 
producing essentially the pulsed representation 
in 2b. The rate at which the audio is sampled is 

called the sampling frequency. Slightly more 
than two samples for the highest audio 
frequency are needed to convey full informa- 
tion. This means that for audio frequencies up to 
20 kHz, we need to have a sampling frequency of 
more than 40 kHz. 

Concurrent with the sampling process, the 
discrete voltages are converted into a binary 
code. The system's dynamic range and 
distortion are dependant on the number of 
binary digits (bits) chosen. 

Let's look at the development of a binary code 
for the numbers 0 through 7. It is a two -state 
code - either the presence or absence of a 

signal, or a "0" or "1 ". In Figure 3, the eight 
numbers 0 through 7 can be divided between 3 
and 4, assigning a "0" to 3 and below, and a "1" 
to 4 and above. Next, we divide each group 
again, assigning a "1" to the higher pair, and a 

"0" to the lower pair. Lastly, each sub -group is 

re- divided, assigning a "1" to the higher number, 
etc. Note that now each number is uniquely 

7 

6 

5 

4 

3 

2 

1 

O O O 
FIGURE 3: DEVELOPMENT 

OF 3 -BIT CODE 

N AMPLE V AUDLD 
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FIGURE 4: SAMPLING USING EIGHT LEVELS 

defined by its three -bit code representation. For 
example, to indicate the number 5 we need only 
use a "101 ", etc. 

Quantizing Error 
If just a 3 -bit code is used to represent an 

audio voltage, a problem becomes apparent. A 
large range of audio voltages exist, yet only eight 
different voltages can be represented by a three - 
bit code. This error is known as quantizing 
error. It is a source of distortion, as well as a 

"modulation" noise. Figure 4 depicts the 
sampling of an audio waveform using only eight 
levels (corresponding to the 3 -bit code). Each 
sample must be rounded off to the nearest of 
these eight numbers. The bottom curve depicts 
the quantizing error -± one -half level - 12", 
peak distortion or a "noise" of only 18 dB down 
from peak signal. 

The question is how many bits are required 
for a high -quality audio system? Each time 
another bit is added to a binary system, the 
number of levels that can be represented 
doubles. If a four -bit system had been used the 
ordinate in Figure 4 would have been 16 (levels), 
and the quantizing error halved, corresponding 
to half the distortion and modulation noise. In 
fact, with the addition of each bit there is a shade 
over a 6 dB improvement of signal -to -noise ratio 
and 6 dB less distortion. 

In equation form: 

Levels = 21"un'K, '5'1= 2 ". 

And for dynamic range this is expressed as the 
number of levels in dB; 

Dynamic Range = 20 log(Levels) 
= 20 log 2" = n 20 log 2. 

Since 20 log 2 is approximately 6 dB, the 
dynamic range of a digital system can also be 
determined by multiplying the number of bits by 
6 dB: 

Dynamic Range = n 6 dB. 

To determine the distortion it can be 
observed that the system can be no more 
accurate than one level (t,4 level) out of the 
maximum number of levels. Therefore, just 
prior to clipping, the distortion is: 

D = 100%(Levels) I = 100/2". 

If the allowable headroom of a digital system is 

18 dB, then the distortion figure is eight times as 
great at "0 VU" recording level, and so on. In 
essence distortion is less just before clipping 
than at the "average" operating level. 

Table 1 shows the correspondance between 
the number of bits, the levels, the distortion and 
the dynamic range. 
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Studio quality microphones 
that don't need 

a studio ' e. 

The CS15P condenseírdioid 
microphone is equally at home in a re- 
cording environment or broadcast studio. 
When hand -held it puts sex appeal in 

a voice with its bass -boosting proximity 
effect. With shaped high -frequency 
response and its ability to handle high 
sound pressure levels (140 dB with 
1% THD at 1 kHz), the CS15P is ideal for 
close -up vocal or solo instrument miking 
applications. 

When boom mounted, the CS15P has 
better gain- before -feedback and a better 
signal -to -noise ratio than most shotguns. 
It's phantom powered and its rugged. 

The CO15P condenser omni 
extends frequency response to the very 
limits of audibility, 20 to 20,000 Hz. Un- 
like other "omnï s;' the CO15P maintains 
its omnidirectional polar pattern at the 
very highest frequencies. Perfect for the 
distant miking of an entire orchestra as 
well as up close on individual instruments. 
And like the CS15P, it's phantom powered 
and it's rugged. 

The Electro -Voice warranty 
Electro -Voice backs up these two mi- 
crophones with the only unconditional 
warranty in the business: for two years 
we will replace or repair your CS15P or 
CO15P microphone, when returned to 
Electro-Voice for service, at no charge - 
no matter what caused the damage! 

for additional information circle no. 25 

We can do this because we build these 
microphones to meet our standards for 
performance, ruggedness and durabili-y. 
We accept nothing less, and if you're a 
professional, buying a professional quality 
microphone, you shouldn't either. 

u 
U Cú System C - 

- 7 C3 

Elecfrol/oicé 
a gUlton company 

600 Cecil Street. Buchanan, Michigan 49107 
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It is apparent why only systems having the 
equivalent of 14 or 16 bits are being considered 
for professional applications. 

Tape Signal 
Looking now at the digital signal which will 

eventually be placed on the magnetic tape, this 
data must contain twice as many samples as the 
maximum audio frequency, and each sample 
must contain a sufficient number of bits for good 
accuracy. Assuming 50 kHz sampling frequency 
and 16 -bit encoding, we obtain a rate of 800K 
bits /second or a bandwidth of almost 1 MHz. 
For this reason, video cassette recorders, or "in- 
line" decks having several tracks per channel 
are used for PCM audio recorders. 

Unfortunately, obtaining such a high 
"information rate" from magnetic tape is not 
easy. Aside from requiring special heads, newly- 

BITS LEVELS 
DYNAMIC 

RANGE 
° DISTORTION 

AT CLIPPING 18 dB BELOW 
8 256 48 dB 0.39 °u 3.2 °o 

10 1.024 60 dB 0.098 °o 0.78% 
12 4.096 72 dB 0.024 % 0.20% 
14 16,384 84 dB 0.006 0.048% 
16 65,536 96 dB 0.00150 o 0.012% 

Table 1: Correspondence between number of bits. levels, dynamic range and distortion. 

formulated tape, and special digital codes suited 
to recording, tape dropouts are a major 
hindrance. Although tolerated in conventional 
audio recording, a dropout now loses 
information bits - sometimes the most 
significant bit - causing a loud click sound. 

Various error detection codes and error 
correction techniques are employed to alleviate 

The Affordable Pro -Mixer 
by Carvin 

No one can 
match the quality 
and features now off - 

ered in the new CAR VIN 
MX Series Pro Board at our 
low price! Features like - 
Professional V.U. Meters with 
on board calibration controls 
5 Balanced Outputs f or, A -B Stereo, 
Monitors 1 & 2, and Mono A B 
Large 90 mm recording type Faders 
Direct Channel Outputs and Interrupt 
Jacks for recording and channel patching 
Selectable"Control Room "monitoring of all 5 buses 
On -board Phantom Power 48V for condenser mics 
Independent channel "Soloing" with noiseless J -Fet switching 
Dual reading LED Channel Peak Indicators that read both channel overloading and ED overloading. 

More important than features. you are buying quality! All wiring is done with a military type wiring 
harness. The steel chassis is precision formed and assembled in a modular fashion designed to eliminate 
strong RF fields. All P.C. Boards are super strong G -10 epoxy fiberglass. All components are securely an- 
chored. If the board is dropped, it's still going to work. 

All components used are of the highest quality obtainable like - Switchcraft connectors, Centralab 
switches, CTS sealed controls. low noise high slew rate Op -Amps and Discrete amplifiers. Even the sides 
are 1" thick solid Walnut. The entire board is backed by a 1 YEAR Warranty. 

The MX board has proven itself on numerous concert tours. It's been put to the test by professionals and 
they are raving about its performance. 

The best part are the factory prices that won't leave you broke. We currently sell the 12 Ch MX1202 for 
$1095 and the 16 Ch MX1602 for $1495. (Add $250 for the optional Four9 Band EO). Road cases by Anvil' are 
available at $195 and $215 respectively. 

You are probably asking "How do we do it for the price ?" It's simple. We build and sell direct to you 
without any retail markup or commission. 

Write for your FREE 64 page Color Catalog or Call TOLL -FREE 800854 -2235(714.747 -1710 in CA) for more 
information or to place your order. Use your Master Charge or VISA as a deposit and the balance will be 
shipped C.O.D. As always, if within 10 days you are not 100% satisfied, your money will be refunded. 

Carvin Dept RP32, 1155 Industrial Ave., Escondido, CA 92025 

Talk back System 
3 Band active channel 

equalizers 
Optional 9 Band Graphic ED 

for main outputs or reassignment 
to channels 
Available in 12 or 16 channel models 
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and prevent errors. Parity, which is the inclusion 
of an added bit to indicate whether the number 
of "ls" in the sample were either odd or even, is 
used readily in PCM recording. This provides 
information as to whether an error exists in a 
given sample. 

If an error is detected, then the sample must 
be either corrected, or in some manner 
concealed. A common method of concealment 
is "interpolation," wherein the incorrect sample 
is replaced with the average of the two good 
samples surrounding the error. This is often 
called masking. Other methods include 
repeating either the preceding or following 
sample. 

Because dropouts can be relatively long, a 
large number of samples can be lost, thereby 
inhibiting error alleviation. As a result, location 
diversity is often used. Here the individual 
samples are made non- consecutive - such as 
sample 3 is located next to sample 52, etc. Then 
if a large dropout were to occur, most likely the 
samples surrounding 3 and 52, which occur on a 
different place on the tape, are good and error 
alleviation is possible. Of course, the samples 
are rearranged to be consecutive during 
playback. 

If sufficient further information were to be 
included within the digital signal, error 
correction becomes possible. Usually, 
additional "parity" is included, such as a cyclic 
redundancy check code, CRCC. Also, 
redundant (repeated) information is often 
included so that the individual bits can be 
corrected. It is, of course, of major concern to 
the audio industry that the "most powerful" 
error correction method be adopted for use in a 
professional PCM tape player. 

Clocking 
It is important to mention the "timing" 

constraints which govern analog -to- digital 
conversion, as well as the playback digital -to- 
analog conversion. A very stable oscillator is 
normally employed on the encode portion of the 
PCM recorder. Its stability governs the 
accuracy of the sampling time, ensuring that the 
proper instant of audio voltage is converted. 
Any jitter in the timing would introduce 
distortion. For this reason, a quartz crystal is 

usually employed. 
Synchronizing signals are then included in the 

digital data that is recorded on the tape. The 
tape deck, of course, suffers from normal (low) 
wow and flutter, as would any mechanical 
transport. Upon playback, the bit stream and 
synchronizing signals are presented to the 
digital -to- analog converter. The synchronizing 
signal is then sensed and used to control the 
auerage rate of the playback oscillator. The 
digital -to- analog converter then decodes the 
binary signal, momentarily stores them (in a shift 
register), and then outputs the audio samples at 
precisely spaced time intervals. As a result any 
short -term wow or flutter in the tape deck does 
not influence the rate at which the audio 
appears. Therefore, a PCM recorder has far 
lower wow and flutter in the music than the best 
analog machines. 
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Anti -Aliasing Filter 
An introduction to PCM techniques is not 

complete without covering the "anti -aliasing" 
filter which precedes the entire digitalizing 
process, as shown in Figure 1. Aliasing is a term 
given to an unwanted signal that appears to be 
something that it is not. It occurs in the sampling 
process when the audio frequency is greater 
than one -half the sampling frequency. In fact, 
the sidebands about the sampling carrier 
encroach back into the audio band and appear 
as progressively lower frequency audio signals. 
A spectral inversion takes place. 

It is identical to the motion picture problem 
often seen wherein wheels begin to rotate 
backwards. Here the spoke's rate is higher than 
one-half the picture frame rate. Figure 5 depicts 
the motion picture frame of a single spoked 
wheel rotating clockwise. In 5a the wheel makes 
less than a half revolution between frames. 
Therefore, one observes that the spoke 
progresses in the clockwise direction. In 5b the 
spoke traverses more than a half revolution 
between frames, and the observer sees the 
spokes progress in the counterclockwise 
direction. 

The aliasing filter must greatly attenuate all 
audio frequencies at and above one-half the 
PCM sampling frequency, without affecting the 
intended audio range. Since there exists only a 
small "guard band" between the maximum 
audio frequency and one -half the sampling 
frequency, an extremely sharp low -pass filter is 
required. 

Non- Linear Coding 
Another common practice in PCM recorders, 

which is also used in many digital audio systems, 

1 2 3 

5a'. PICTURES IF WHEEL RATE IS LESS THAN HALF FRAME RATE 

5b. PICTURES IF WHEEL RATE IS GREATER THAN HALF FRAME RATE 

1 2 4 

4 

FIGURE 5: ALIASING IN MOTION PICTURES 

is nonlinear coding. This is a form of bit-saving 
which results in sample compression and 
expansion. Effectively both the recorder's input 
amplifier and output amplifier can be instantly 
switched in gain in opposite directions. If a factor 
of 4 times gain is chosen and an added bit is used 
to record the gain setting, one can achieve an 
acoustical dynamic range four times as great 
using only one additional bit. (Linear coding only 
gave us twice the dynamic range per bit.) Then, 
as the input audio waveform varies, the effective 
gains of both input and output circuits are varied 

in the digital coding and decoding. This 
technique has been used in various PCM "home 
type" recorders, but it is not planned for use in 
professional PCM tape units. 

Dither 
The last topic I wish to review is PCM 

recorder noise. As mentioned earlier, 
quantizing noise, a form of modulation noise, 
was given as a limiting factor. Strictly speaking, if 
the audio signal were below the lowest level of 
the analogto.digital converter, no bits would be 

De-Essss- 
The Orban 526A single -channel Dynamic 

Sibilance Controller is a simple, economical 
dedicated de- esser- without the complexity and 
compromises of multi- function processors. It sets 
up fast to produce sibilance levels that sound 
natural and right. Features include mic /line input, 
fully balanced input and output, LED level meter, 
GAIN control, compact size and more. Special 
level- tracking circuitry assures consistent results 
with varying input levels. And our control technique 
doesn't emphasize residual IM when de- essing 
occurs. 

De- essing doesn't have to be complex, expen- 
sive, and time consuming. The 526A does it fast 
and right in recording studios, cinema, broadcast 
and cassette duplication. 

The 526A De -Esser is available at your Orban 
pro -audio dealer. 

ovbcin 
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645 Bryant Street 
San Francisco, CA 94107 
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Eqwpment 

Consoles 
Tape machines 
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Nationwide 
Computerized 
Search Service 

We are the major clearing- 
house for used professional 
audio gear -with representa- 
tives in Los Angeles, New York, 
Nashville, and Toronto. 

Let Us Help You 
We are constantly locating 

good used gear for our many 
customers. And saving them 
money, too. 

We may have what you want 
already. If not, we'll find it. 
There is no obligation. 

Call or write today. 

Sye 
Sound 
22301 Cass Avenue 
Woodland Hills, CA 91364 
(213) 348 -4977 or 
(213) 657 -HITS 
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generated and there would be no noise. 
However, it is common practice to introduce a 

false noise signal called dither, which is just 
slightly greater than the "least significant" bit. 
This is done for two reasons: the audible noise 
must represent a random signal not uncommon 
to normal (but much lower) analog tape hiss; 
and the dither helps ensure average value 
analog -to- digital conversion without generating 
quantizing noise coherently related to the audio 
signal itself. 

Figure 6 is a diagram showing the effects 
produced by adding dither. The top curve, 6a, is 

an audio waveform being sampled, resulting in 
the discrete levels shown. Below, the quantizing 
error, 6b, contains a repetitive signal which is 
harmonically related to the audio signal. 
Obviously this quantizing error would not sound 
like tape hiss to which we are accustomed. 

Curve 6c is the same audio signal with a 

random dither noise added. Note that when it is 

sampled, the quantizing noise, 6d, appears to 
have little relationship to the audio signal, and 
should sound more like noise. Note also that in 
curve 6e, which depicts the error relative to the 
audio alone, there appears less low frequency 
than in 6b. This means that, on the average, the 
digital signal more closely matches the audio 
signal. Of course, background noise is slightly 

higher with the dither. 
It is important to realize that the background 

noise of a digital recorder is fully dependent on 
the activation of the recording electronics. 
Playback of a blank tape will yield no 
information. To listen to the background noise 
of a PCM recorder, one must place the unit in 
the record mode first (with no audio input), then 
listen to the playback of the tape. 

Conclusions 
Some conclusions can be made about 

digital PCM recording based on the preceding 
descriptions. First, the dynamic range and 
distortion is based solely on the number of bits 
employed in the digital scheme. Only bits are 
recorded on the tape, so there are no audio 
frequencies involved. Both these facts mean 
that head azimuth, equalization, bias and levels 
are no longer a factor in the audio quality. The 
magnetic tape (or disc) does not influence the 
audio as long as the code can be detected (and 
any errors corrected). 

Wow and flutter and modulation noise is 

eliminated because of the record, play timing 
synchronism. 

Frequency response is controlled by the 
sampling frequency. If 20 kHz is the maximum 
audio frequency needed, then a sampling 

LEVELS 

(C) 

(d) 

(e) 

FIGURE 6: EFFECT OF DITHER 

AUDIO SIGNAL 

QUANTIZING ERROR (Note: It contains audio harmonics) 

AUDIO & DITHER 

1 

1 

QUANTIZING ERROR (Random) 

ERROR RELATIVE TO AUDIO (Random & Less Low Frequency) 
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frequency in excess of 40 kHz must be used. 
The response is then determined by the efficacy 
of the anti -aliasing and output low -pass filters, 
not the tape. 

The background noise is determined by the 
number of bits, the "0" recording level chosen, 
and any pre- and post- emphasis employed. If a 

16 -bit, 96 dB dynamic range system were 
chosen, and 18 dB headroom is desired, then 
the noise would be 78 dB down. Pre- and post - 

emphasis is often used to lower the noise even 
further and to make the dither replicate analog 
tape hiss. 

Since distortion is determined by the 
number of levels used in the individual sample, 
the higher the audio signal, the lower the 
distortion. In order to maintain fidelity, 
particularly with soft sounds, a 14- or 16 -bit 
machine is required for professional results. 

A few other facts can also be pointed out. 

Print -through, the transferring of a small 
amount of magnetization between tape layers 
on a reel, is no longer a problem with digital. The 
"presence or absence" of the desired bits are 
not effectively changed by this transfer 
phenomenon. Also, interchannel crosstalk is 

not a problem for the same reason. (And indeed, 
audio channels and tape tracks do not 
necessarily have any relationship.) 

Tape copying, using digital -to- digital, does 
not degrade the audio. This is because the bits 
are not influenced by the head to tape 
properties. Any source bit errors and timing 
errors will be corrected, and the result is a 

"perfect" bit stream being transferred to the 
other recorder. If, on the other hand, the audio 
output of one PCM machine were connected to 
the audio input of another, the tape copy would 
contain the added quantizing noise of the 
second recorder. 

Lastly, the editing problem remains. 
Cutting and splicing may end up connecting half 
the bits of one sample to half of another sample, 
resulting in a code representing a rather unique 
and undesired audio sample. Correction circuits 
may not be able to alleviate the error, unless the 
error correction code is very powerful. If not, a 

click is generally heard, and sometimes a 

momentary pause caused by loss of synchroni- 
zation. 

However, great efforts are being made by the 
equipment manufacturers to develop PCM 
recorders whose tape can be cut and spliced. 
Models are being shown which should be 
available in 1981. This welcomed feature, along 
with the ever increasing appearance of "editing 
machines" is now heignning to solve the editing 
needs. Then the fidelity advance of digital 
recording should dictate its ever increasing use. 

aQ Q: . 
S. i,. 

How's THIS for can encore? 
Modern Recording called our DL -1 De- 
lay "probably the best we have encoun- 
tered" ... a tough act to follow.* Now 
after more than a year in development 
DeltaLab introduces its encore - the 
ACOUSTICOMPUTER® - a combina- 
tion digital -delay and special- effects 
processor designed for use both on- 
stage and in the studio, providing well - 
known functions (echo, doubling, 
chorusing, vibrato, flanging, etc.) plus 
new effects not available in any other 
device. 

DeltaLab 

Pre -reverb delay with two independent 
delay channels, variable from 0.25ms 
to 152ms with LED display. 

Delay up to 240ms in serial (mono) 
mode. 

Built in VCO with external control 
input at rear. 

Same no- compromise sound quality as 
in our DL -1 Digital Delay: Full 20 -15 
kHz bandwidth at all delay lengths 
with 90 dB dynamic range. 

Computer -synthesized acoustic space 
with 16 selectable reverb programs 
plus a new special effect in which the 
ACOUSTICOMPUTER scans the 16 
programs. 

Two channels in and out. Built in re- 
verb mixing and stereo imaging con- 
trols. 

Foot- switch controlled bypass. 

It's impossible to describe in this space 
everything the ACOUSTICOMPUTER 
does; you'll have to experiment with it 
yourself. By carefully minimizing the 
number of separate controls and group- 
ing them logically, we've made it easy 
for non -engineers to operate the 
ACOUSTICOMPUTER. 

For further information call or write 
Phil Markham at DeltaLab Research, 
Inc., 27 Industrial Avenue, Chelmsford, 
MA 01824 Tel. (617) 256-9034. 

*See Modern Recording "Hands On 
Report," Sept. 1978. 

See us at NAMM 

DeltaLab Research, Inc. 27 Industrial Avenue, Chelmsford, Mass. 01824 
Available at Quality Dealers 
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1S llllVllJS ALIGNMENT 
cf 

SOUND REINFORCEMENT 
EQlü' IRPllVl1E11V T 

by 
Pat Maloney 

(The first paragraph should be 
read with Howard Cosell in mind.) 

Cast your mind back! The date: October 6, 
1927. The place: The Warner Theater in New 
York City. All eyes are on the premier show- 
ing of the Jazz Singer when suddenly - this 
man - Al Jolson - starts singing and the 
"Talkies "are born! The crowd is ecstatic!... 
Cheering wildly because for the first time in 
recorded history they are experiencing the 
magic of the sight - and SOUND! of the 
silver screen .. . 

This momentous occasion also marked the 
first commercial use of a two -way loudspeaker 
developed by the ERPI division of Western 
Electric. With the advent of sound in the cinema 
came the realization that the generally available 
full- range, single -cone loudspeakers were 
incapable of reproducing the necessary level 

Time Align" and its derivatives are trademarks 
of E. M. Long & Associates. 

and frequency range. Also, amplifiers in use at 
the time were not generally noted for their high 
power. Consequently, a more efficient speaker 
design was required to adequately cover a large 
movie house with a relatively small amount of 
amplification. 

It was soon realized that a good way to 
increase the power and intelligibility of a sound 
system was to develop a two -way or even three - 
way horn - loaded loudspeaker, which would split 
up the frequency bandwidth amongst separate 
specialized components and project the sound 
into a large room. Complementary bandpass 
networks, or crossovers, were developed to 
keep the frequencies in their places, and the first 
multiway systems were introduced. 

With multiway systems came multiple 
problems, however. In his book, Acoustical 
Engineering, (D. Van Nostrand Company, 
1957), H. R. Olsen refers to research by Hilliard 
and Wensen -Torres in 1934 and 1936, in which 
the authors addressed some of the advantages 
and problems of multiway systems, crossovers, 
and the actual physical alignment of all the 
components in a multiway system. It was 
noticed that a certain cohesiveness of sound 
was lacking in multiway systems, depending on 
the various components' physical relationship 
to one another. With full -range speakers this 
problem was not noticeable to any great extent, 
due to the fact that all the frequencies were 
being generated from a single point source: the 
voice coil. With a multiway system, however, 
there can be several voice coils located in as 
many different positions. It wasn't until they 
were all aligned in the same vertical plane that 
cohesiveness returned to the system. 

This "co- planar" technique was put to very 
effective use by Altec- Lansing in 1945, when the 

ITLA SOM. hic 
FABRICATION MEASUREMENT DESIGN 

CONSULTING SALES RENTAL 

Featuring MSLI Sound Products 
UltraMonitor, M Stage Systems 

ACD /John Meyer 
Studio Reference Monitors 

MSLI Subwoofers 
Now Accepting Orders On The New 

UltraSeries.M UPA -1 Loudspeaker 

P.O. BOX 543 
LARKSPUR, CALIFORNIA 94939 

(415) 457 -0264 

ASK FOR "US" 
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company introduced the "Voice of the Theater" 
or A -7 loudspeaker. A direct descendant of the 
two -way system used for The Jazz Singer, the 
A -7 was developed specifically for the film 
industry, its frequency response being tailored 
to match the quality of the optical soundtrack in 
use at the time. In fact, the A -7 was designed by 
the same engineering staff that had worked in 
the ERPI division of Western Electric, prior to 
the division being dissolved in 1936. These 
engineers then formed the All Technical 
Corporation, which eventually became Altec in 
1937. 

The "Voice of the Theater" was basically a 

two -way system consisting of a 15 -inch woofer 
mounted in a horn -loaded cabinet. The woofer 
crossed over to a horn -loaded, high- frequency 
driver mounted on top so that the two voice 
coils were positioned in the same vertical plane 

the legendary 
ALTEC A -7 

While such an alignment improved the 
system's cohesiveness, the crossovers used 
also created a few problems of their own. 
Basically, they were second -order 12 dB /octave 
high -pass and low -pass networks, 180 degrees 
out -of -phase at the crossover point. Altec 
simply reversed the polarity of the high - 

frequency driver so that a signal would be 
additive at the crossover point; the result was 
flatter overall amplitude response. Although it 
was still only a compromise, this co- planar 
design took care of the greatest amount of 
phase shift in the system using a very simple 
solution. Time errors that existed within such 
simple networks and the speakers themselves 
were not really addressed at all. Altec felt it had 
already made a significant improvement and, 
besides, there was still considerable controver- 
sy over whether alignment of drivers was really 
very important in the first place! As a result, 
basically not much else was done for the next 20 
or so years. 

High Power Handling 
Enter Rock and Roll, and the need for some 

serious power! The Altec- Lansing A -7 had been 
in use in the sound business for many years now 
but it was only rated at 30 watts. It was soon 
found to be incapable of providing the output 
desired by musicians and audiences of high -level 
rock music. Concerts were fast becoming huge 
outdoor festivals attended by bigger and bigger 
crowds, who were sitting farther and farther 
away from the PA speakers. 

At this time, the few PA companies providing 
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FROM CONCEPT TO 
REALITY 
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equipment for these groups and concerts were 
basically offering beefed -up versions of the A -7. 
The woofer was often replaced with a 100 -watt 
speaker such as the Altec 421. The single high - 
frequency horn was discarded in favor of a 
larger multicellular horn designed for wider 
dispersion, and which was driven by one or two 
high -powered transducers, such as the 100 -watt 
Altec 290. These high -frequency horns were 
often packaged separately in their own road 
cases to facilitate shipping and set -up; again a 
potential source of driver misalignment. Often, 
due to lack of time, physical space restrictions, 
or just plain ignorance, the components of these 
two- or three -way systems were not set up with 
their drivers in the proper co- planar relation- 
ship. The result was as expected: a loud but not 
very intelligible concert sound system that was 
subsequently overdriven in an often futile 
attempt at clarity. 

Recognizing this problem, several sound 
companies phased out the stackable array in 
favor of an integrated self- contained system, 
which again assured a co- planar relationship 
between components. 

One of the first and foremost companies to go 
in this direction was McCune Sound in San 
Francisco. Working in 1972 with loudspeaker 
designer John Meyer, McCune developed the 
JM -3: a three -way tri- amplified system mounted 

in a single cabinet containing two 15- woofers, a 
custom designed mid -range horn and two high - 
powered tweeters. The mid -range driver was 
positioned in the same vertical plane as the 
woofers, and the high -frequency tweeters 
placed as far back in the cabinet as possible, 
without interferring with their dispersion 
pattern. In order to eliminate phase reversal 
problems in the crossovers, McCune went to a 
unity -sum type of crossover, which basically 
reduced the phase shift through the crossover 
point. Used in conjunction with separate 
subwoofer cabinets, these JM -3 systems could 
be arrayed in an arc to provide an evenly 
dispersed high -quality sound that was 
controllable and consistent throughout the 
room. 

After a brief hiatus in Switzerland, where he 
designed his own phase coherent and time - 
corrected studio monitor speaker, Meyer 
returned to McCune Sound in 1976, and 
assisted in the development of a time- corrected, 
powerful loudspeaker of considerably smaller 
dimensions than the JM -3. Known as the SM -3, 
this speaker filled the need for a two -way co- 
planar loudspeaker that could be used as either 
a high -powered stage monitor, or as a compact 
general purpose sound -reinforcement speaker. 
McCune's chief engineer Bob Cavin found that 
while it was now possible to align the drivers with 

Problems With Time 
At the heart of the problem of time abberations and phase anomalies is time itself. Within the 

confines and definition of our physical universe, time is a basic operating principle; eliminate time 
and you can indeed do wonderous things - although probably nobody will notice! (That, however, is 
the subject of another article entirely.) Suffice it to say that without time there is no concept of 
distance; without distance there is no concept of movement; and without movement, a speaker cone 
has no purpose in life. 

Fortunately for us, speaker cones do move, albeit not very willingly and usually not very linearly. 
Take a single full range speaker, for instance. Now if you teed this speaker with a source of full - 
frequency noise and measure the resultant waveform, you will find that all the individual sinewaves 
that made up the noise (and that fall within the upper and lower limits of the speaker) will be present in 
varying degrees of amplitude, depending on the quality and linearity of the speaker. One of the 
factors affecting response of this speaker has to do with the phase shifts and time anomalies caused 
by the physical properties of the unit itself. This problem is most easily understood when one looks at 
the impulse characteristics of the speaker in question. 

Back in 1822, J. B. J. Fourier postulated a theory that has proven to be workable up to this point, and 
which deals quite well with the problem at hand. Germane to this discussion is his finding that an ideal 
impulse is actually made up of an infinite number of sinewaves, whose positive -going peaks all occur 
at exactly the same place and point in time. Therefore, a single signal impulse can occur whenever all 
the frequencies are triggered at exactly the same time. In the next moment some of the sinewaves 
start going negative (i.e., those at, say, 20 kHz) before others do (at 1 kHz, for example). A complete 
cancellation occurs at this point due to the vector addition of all these positive- and negative -going 
sinewaves. 

The impulse then stops, only to return again at an interval dependent on the period of the lowest 
frequency present (so long as all the other frequencies are again going positive at the same point in 
time). 

The figure below is a computer -generated visualization of this phenomena, showing the interaction 
of up to 100 separate frequencies. It can be seen that the more frequencies involved, the more the 
resultant waveform approximates a perfect impulse. 

Simultaneously triggering an infinite number of sinewave generators is not the only way a pulse 
can be generated - nor is it the easiest! But it should serve to show that, in theory at least, a perfect 
pulse contains the entire frequency range, and is the ideal signal to use to test the response of a 
loudspeaker. Basically, if you know what is going into a speaker you have only to measure what 
comes out to see where it is deficient. 

Now due to physical properties of mass, inertia, and a speaker cone's interaction with the air itself, a 
loudspeaker will react to high frequencies faster than it will to low ones. Therefore, if all audible 
frequencies are present in a single impulse to a loudspeaker, the highs will lead the lows once the 
speaker starts to react to the signal. Hence the need to delay the highs in relation to the lows, in order 
to accurately reproduce the impulse as it was before. 

By splitting a full -range speaker up into a multiway system, and then delaying the various 
components accordingly, a time corrected system is developed. The only other way to keep the 
syncronization is to speed up the lows so that the speaker reacts before a signal is present -a task 
that should be only attempted by those of you who are already proficient at eliminating time from your 
universe. 

Computer -generated graphs illustrating the way in which an ideal impulse waveform can be considered as comprising 
an infinite number of sinewaves whose positive -going peaks all occur at the exactly same point in time. The left -hand 
trace represents two cycles of five integer frequencies. starting at 1 Hz. As more sinewaves are added - the center 
trace contains 30 integer frequencies, and the right trace 100 integer frequencies - the resultant waveform assumes 
the shape of a sharp impulse. whose interval is dependent on the lowest frequency present - in this case 1 Hz. 

(Computer -generated graphs courtesy of Alexander Youill- Thornton - "Thorny ".) 
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a very high degree of accuracy, most people 
who heard the speaker preferred to have the 
highs slightly leading the lows, and so it was 
aligned accordingly. The SM -3 speaker also 
utilized a summing crossover, and incorporated 
a driver diaphragm design patented by John 
Meyer (U.S. Pat. tí4152552). The SM -3 is well 
protected by frequency selective fast- acting 
peak limiters, which make the unit virtually 
blow -out proof. 

Early 1977 saw development of the SM -48: a 
time- and phase -compensated version of the 
Altec 604. This speaker incorporated active all - 
pass delay and equalization networks, as well as 
Meyer's patented diaphragm designs. McCune 
engineer Steve Kadar engineered the replace- 
ment of the standard woofer cone with one 
capable of handling 150 watts. The SM -4B 
proved to be very successful in stage monitor 
use, and also for those difficult PA applications 
such as center -hung, "theater -in- the -round" 
systems. 

The Altec 604 Family 
The original Altec 604, introduced in 1944, 

soon became a favorite of recording studios that 
wanted the benefits of a two -way system, but 
didn't need the projection provided by a horn - 
loaded cabinet - and they certainly didn't need 
the size! (Figure 2.) Housed in a ported cabinet, 
this "co- axial" loudspeaker was aligned along 
the horizontal rather than vertical axis by 
positioning the high -frequency driver in the 
center of the woofer instead of above it. The 
result was three -fold: reduction in overall 
cabinet size; maintenance of cohesive imaging 
of a single -point source; and increased overall 
power and quality of sound compared to most 
earlier full -range speakers. Although other 
speaker manufacturers introduced similar co- 
axials at about the same time, the Altec 604 was 
pretty much a recording industry standard here 
in the States for many years. 

As big an improvement as it was, time 
alignment of these speakers was actually off by 
between 0.5 and 1 msec., since the high - 
frequency driver, while in line with the woofer, 
was actually located behind it. McCune Sound 
therefore delayed the SM -4B's woofer by 0.57 
msec. at 1.75 kHz, using an active all -pass 
network to bring it into line with the tweeter. 
Modifications were also done to the tweeter and 
woofer's support structures, to further reduce 
inherent phase problems and time abberations. 

Figure 2 
Altec 604E 

Figure 3 

UREI 813 

In 1977, UREI introduced a studio monitor 
speaker that was also built around the Altec 604, 
but which utilized a crossover with a small 
amount of built -in passive delay to move the 
apparent position of the woofer back to that of 
the tweeter. Known as the UREI 813 Time - 
Aligned'" Monitor, this speaker was based on an 
idea proposed and developed by Ed Long, who 
presented his work on the subject to the AES in 
1976. (A Time -Align Technique for Loudspeak- 
er System Design, Journal of the Audio 
Engineering Society, May 1976.) The new 
speaker, and the recording industry's reaction 
to it, is largely responsible for the attention being 
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BATTERY POWERED PORTABLE 

THE MODEL 200 MIXER is a special purpose compact equalizers with four frequency mid frequency select 

"suitcase" portable mixer built in an ATA -style case with switch, four position low frequency rolloff (12 

detachable lid and handle measuring 13 X 17.5 X 7 inches db /octave), solo to phones monitor (which works even 

with eight or nine inputs and two stereo outputs plus echo when module is muted), on /mute /off switch (module 
and cue, and can be operated for 16 to 20 hours on an draws no current when off), and Duncan professional 
external rechargeable "Gel -Cel" battery (supplied, with conductive plastic attenuator with dust seal. 

charger). Built to the highest professional standards, it is THE SPECIAL MODEL 200 MASTER MODULE 
recommended for the most exacting portable monoor stereo provides a stereo slider master and two standard VU 

work. meters which can also be switched to read cue /echo or 

THE SPECIAL MODEL 200 INPUT MODULES battery level; monitor phones level and phones jack, 

provide balanced XLR input connector (on panel) phone plug outputs for left, right cue, and echo, echo 

through four position input pad to transformer, to return jack, and echo return trim pot. The stereo 
provide easy phantom powering and high rejection of monitor phones output switches automatically to one 

RF interference, phantom power switch , phase input when the "solo" switch on that input is thrown. 

reverse switch, four position input gain set switch plus Peak phones output into 600 ohms is 160 milliwatts. 

a 20 db gain trim thumbwheel, panpot, three 

Chicago: John Gill at Gill Custom, (312) 598 -2400 
Dallas: George Wilkinson at AST Sound, (817) 461 -4576 
Denver: Walt Stinson at Listen -Up, (303) 778 -0780 
Houston: Ralph Moore at Video Systems, (713) 686 -9651 
Los Angeles: Bill Jones at ACI- Filmways, (213) 851 -7172 
Nashville: Rich Carpenter at Carlo Sound, (615) 259 -0900 
New York: Rich Fitzgerald at Sound Associates, (212) 757 -5679 

INTERFACE ELECTRONICS 
6710 ALDER HOUSTON, TEXAS 77081 (713) 660 -0100 

for additional Information circle no. 32 
R -e /p 55 December 1980 

www.americanradiohistory.comwww.americanradiohistory.com

www.americanradiohistory.com
www.americanradiohistory.com


paid to the concept and benefits of time aligned'" 
systems in general (Figure 3). For possibly the 
first time, engineers could listen to a speaker 
that they were already familiar with - the Altec 
604 - and hear for themselves the improve- 
ment that was apparent in a more accurately 
aligned version, such as the UREI 813 or 
McCune SM -4B. 

Concert Sound Application 
Following the development of the SM -4B and 

SM -3, Meyer and McCune Sound turned their 
collective attention to a larger coliseum -sized 
PA, and subsequently developed the JM -10 in 
1977. Designed basically as a single speaker to 
replace ten JM -3s, the JM -10 is composed of 
two separate sections assembled together as 
the entire speaker is hoisted up inside a 
construction scaffold (Figure 4). The JM -10 was 
conceived as a single large speaker, rather than 

as several smaller componets, 
in order to maintain as much 

as possible the integrity of the 
sound coming from a single 
point source. The front of the 
speaker is curved in a seventy 
degree arc so that two JM -10s 
cover a 140 degree field in 
front of the stage. JM -3s are 
used as side fills whenever 
necessary. 

Designed as a three -way 
system, bass and mid -range 
drivers of the JM -10 are 
physically aligned in a co- 
planar relationship to one 

J: JM-10 in scaffold 
at Oakland Coliseum 

another, while the tweeters are electronically 
delayed to a point about 1.6 feet back from the 
front edge of the mid -range horns. (To have 
physically moved the tweeters back this 
distance would have interferred with their 
dispersion pattern.) An analog bucket-brigade- 
type delay was chosen for its low distortion 
characteristics, compared to the digital -delay 
circuits available at the time. Bucket -brigade 
delays are fairly noisy, however, so a custom - 
designed noise gate was included to shut down 
the output of the tweeters unless there was 
actually a signal present. JM -10s have been used 
with a considerable amount of success in recent 
years, most noticably on the Kool Jazz Festival, 
which plays the large coliseums throughout the 
country. 

Leaving McCune Sound after the develop- 
ment of the JM -10, Meyer formed his own 
company - MSLI, based in San Leandro, 
California - to manufacture and market his 
own line of loudspeakers and electronics. In 
1979 he was approached by Owsley Stanley 
who, working in conjunction with the sound 
counsulting firm, Ultra Sound, was looking for a 
small, high- powered, cohesive- sounding stage 
monitor for use by The Jefferson Starship. As a 
result of this collaboration, the UltraMonitor'" 
was developed. Capable of delivering 125 dB 
SPL broadband at one meter, with peaks of 135 
dB, the UltraMonitor" measures a mere 14- W x 
14- H x 22.5- inches D. 

This two-way speaker uses an active circuit to 
delay the woofer, not the tweeter. Optimum 
design criteria necessitated mounting the high - 
frequency driver about 6 inches behind the 
woofer -a situation which caused the tweeter's 
lowest frequencies to lag behind the highest 
frequencies of the woofer. Since, in any event 
the extreme low -end of the woofer is going to be 
effectively behind the cabinet, and highest 
frequencies are already delayed physically, 
Meyer simply concentrated on the critical vocal 
area around the crossover point, and delayed 
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the woofer so that frequencies in this area are in 
sync. This approach has the added advantage of 
not needing to delay high frequencies by 
electronic means and, as a result, avoids 
distortion that can be more noticable at the top 
end of the frequency spectrum. Delay for the 
woofer is achieved with low- and all -pass filters, 
as opposed to charge- coupled (analog bucket - 

brigade) or digital delays. 
I first encountered these speakers at the 1979 

Grammy Awards, and recently had the 
oppotunity to use them myself on an Andy 
Williams concert. The amount of gain before 
feedback is phenomenal, and the clarity of 
reproduction is so great that I was able to run 
them well below the feedback point. The 
apparent monitor level spilling over into the 
main system through the vocal mikes was 
virtually non -existent. 

It soon became evident that the quality and 
size of these speakers suggested applications 
other than that of strictly stage monitoring. (In 
fact, Ultra Sound sold two UltraMonitors'" and 
a pair of MSLI subwoofers to the Berkeley 
Square night club in Berkeley, California, where 
they are used as the main house PA system.) 
Recognizing an emerging need for compact yet 
high -level PA components, Meyer recently 
designed the UPA'" or UltraPA'" system, which 
is essentially the UltraMonitor'" electronics, 
woofer and driver used in conjunction with a 
horn re- designed for wider dispersion. 

No larger than an UltraMonitor'", the UPA'" 
cabinet has been designed to stand alone or 
couple with other UPA" cabinets to form 
arrays. Two cabinets mounted side by side will 
cover an area of approximately 160 degrees. 
When coupled with a compact subwoofer, this 
new system becomes a high -quality, time - 

corrected three -way PA capable of putting out 
105 dB SPL broadband at 30 meters. A PA 
system based on multiples of these two 
components, capable of covering a 5,000 -seat 
hall, would fit in the back of a small van! (If you 
hurry you can probably still get a good price for 
your 40 -foot tractor /traibr rig.) 

Do It Yourself Time -Correction 
So what can a PA company do to realize the 

benefits of time alignment'" techniques, when it 
has a warehouse full of multiway bins and horns 
and can't afford to start all over? What can a 
music group do to improve the quality of all the 
bins and horns they just purchased from a PA 
company that could afford to start over? 

One approach to just this type of predicament 
was successfully carried out by Ultra Sound in 
the spring of 1979, when the company put 
together one of the first time -corrected concert- 
sound systems I know of that utilized a typical 
multiple stacked component array. The 
occasion was a Grateful Dead concert outdoors 
at Spartan Stadium in San Jose, California. 
Designed by Dan Healy of the Grateful Dead 
and Don Pearson of Ultra Sound, the system 
consisted of four individual columns of speakers 
set up side by side at each end of the stage 
(Figure 5). The outside column on each side 
consisted of 18 bass bins housing a total of 54 E- 
V M 15L woofers. Next to this column was the 
mid -bass stack of nine cabinets containing a 
total of 36 JBL K120s. Ten mid -range horns 
powered by Gauss HP 4000 compression 
drivers were hung in a column next to the mid - 
bass stack. Farthest onstage was the high - 
frequency column made up of 12 ESS HT 600 
air -motion tweeters. An additional four -way 
system was also set up behind the main PA 
stacks and used as side fill. 

Up to this point the setup resembled any 

Figure 5: Construction of stage-left stacks, view 
from mix position. Greotful Dead Concert, 

Spartan Stadium. Spring 1977. 

other large outdoor system using multiway 
components stacked in a column configuration. 
What set this system apart, however, was Don 
Pearson's determination to time align" the 
entire PA using a UREI Model 927 four -channel 
digital delay unit. 

"What we wanted to do," Pearson explained, 
"was delay each frequency band of the PA 
separately, so that a simultaneous pulse into the 
entire system would combine acoustically in 
front of the stacks, to form a single wavefront 
that would arrive at any position in the field at 
the same time." Previous attempts by Ultra 
Sound at doing this were unsatisfactory, due to 
the high -end distortion and atiasing inherent in 
most delay units available at the time. The new 
UREI delay, however, seemed to Don to have 
solved most of these problems. There was no 
companding used in the circuitry, so the 
breathing effect common with these circuits was 
not present. Sampling -rate noise that had been a 
problem with other delays was eliminated by a 
150 dB per octave filter at 12.5 kHz, which 
effectively looked like a brick wall to any 
frequencies beyond that. Based on the 
components he was using, Pearson wasn't too 
concerned about reproducing frequencies 
above 12.5 kHz outdoors: "I generally roll -off my 
systems starting at about 4 kHz, so that the 
response is down 10 dB at 10 kHz. John Meyer 
has designed a time aligned" low distortion 
horn -type loudspeaker system [The ACD /John 
Meyer Studio Monitor], which is very flat and 
not objectionable to listen to at high levels for an 
extended period of time. He seems to have 
solved some of the phase problems in the high - 
end, which we are still required to roll off in a 
normal PA to keep from hurting people." 

Don Pearson worked closely with Dennis 
Fink and Brad Plunkett at UREI, both of whom 
were very cooperative and responsive to what 
he was attempting to do. The delay unit as it was 
supplied to Ultra Sound was capable of 
providing four separate outputs from a single 
input: each individually adjustable in 1 msec. 
steps. A total delay of 127 msec. was available on 
each channel of the delay, which was actually a 
lot more than was needed or desired in Ultra 
Sound's application. According to Pearson: 
"The clock rate was chosen based on this 
relatively large amount of delay. UREI therefore 
had to limit its response to 12.5 kHz to prevent 
clock noise from becoming audible. We, of 
course, didn't need anywhere near that amount 
of delay, so they could have doubled the clock 
speed from 50 to 100 kHz and therefore raised 
the overall frequency response. As small a step 
as 1 msec. is, it becomes quite large when one is 
trying to align a system as accurately as this. A 
millisecond of delay is roughly equivalent to 1 

foot [actually it's 0.887' at 68 °F] so each delay 
channel was set to the closest millisecond, and 
then the particular stack of speakers it was 
feeding had to be physically moved the extra 6 

- continued on page 60 .. . 
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But Antonio Stradivari 
would have understood. 

EMT 140 Stereo Steel Plate Reverb Unit. The 1956 classic, 
upgraded to solid state. The unit that started it all. 

fight now, the oldest reverb unit in our line- the EMT 
140 - is priced higher than anyone else's newest. 

And our later models are even costlier. 
Yet, this doesn't seem to 

discourage anyone. According to 
Billboard's recent equipment study, 
EMT reverbs are used by one -third 
of all the surveyed studios. That's 
almost twice the number using the 
next brand. And more than the 
second and third brands combined. 

How come? 
Mr. Stradivari could explain: 

There's nothing so precious as 
exactly the right sound. And once an artist discovers the 
sound he likes, he's reluctant to give it up. 

No matter what the price. No matter how many 
years- or new models- come and go. 

So, for all the people devoted to its singular sound, we have 
to go on making the EMT 140. Despite its costliness. And even 
though we can now offer its successor, the EMT 240 Gold Foil. As 
well as the EMT 250 and 244 -the amazing digital units that 
redefine state of the art in reverberation. 

Our situation is very much like Mr. Stradivari's. He stopped 
making violins in 1737, but the demand for his sound continues 
undiminished. And, in the same way, each of our four different 
models has its partisans- and demand goes on, 
year after year. 

We do have one advantage, however: 
Today a Stradivarius is priceless. An EMT is 

merely expensive. 

EMT 250 and 244- Digital Reverberation Un- 
its. Fully Electronic Reverberation. EMT uses to- 
day's technology and again sets the fashion. Send 
for our extensive list of owners. 

liktm 
EMT 240 Stereo Gold Foil Reverb Unit. One 
fifth the EMT 140 Steel Plate reverb's size, virtu 
ally impervious to outside interference- ideal for 
mobile use. 

GOTHA 1 
741 Washington Street, New York, NY 10014 (212)741 -7411 

West Coast Office: (213)874 -4444 
EMT -FRANZ worldwide: Box 1520, 

7630 Lahr, W. Germany 

For additional information, contact: 
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Electric Lady Studio 

Westlake show room & facilities 
in Los Angeles exemplifies 
Westlake's continued dedication 
to the state of the art. 

Westlake's HR -1 Phase Coherent 
4 way monitoring system, as well 
as "Controlled Travel Path"TM 

acoustic design assures accurate 
recordings. 

Radio & Records uses its 
Westlake Production room for 
multi -media and syndicated radio 
production. 

)csïgning For 
innovation, quality an 

Our detailed design leaves little doubt what 
the results will be. Westlake has "pioneered" 
guaranteed acoustical designs. 

In taking the state -of- the -art to new limits, Westlake 
has developed many proprietary products. 
The D -1 Active Direct Box with 106 dB of dynamic 
range is a product of that research and development. 
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As we move into the 80's, tele- 
vision sound will take on new 
dimensions. Westlake recently 
completed renovation of the KCET 
(P.B.S.) facilities in Los Angeles. 

The professional home studio is no stranger 
to Westlake. People such as Danny Serephine, 
George Duke, Michael Lloyd, and Georgio 
Moroder all chose Westlake to create their 
professional listening and recording environ- 
ments at home. 

YouT d Servi Consider our 
reputation! With 

more than 100 

major installations, 
Westlake has many 

satisfied clients. So 
whether you are look- 

ing to purchase record- 
ing equipment or a com- 

plete turn -key studio, West - 
lake's professionals are ready to 

earn your confidence. 

fmm acoustic design 
to down beat... 

Westlake 
Audi® 

6311 Wilshire Boulevard 
Los Angeles, California 90048 
12131 655.0303 
TELEX 698645 

8447 Beverly Boulevard New York City 
Los Angeles. California 90048 12121926 -3454 
121316542155 
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continued from page 56 - 
inches or so required to bring it perfectly in line." 

The speaker crossovers were custom -built by 
Ultra Sound, and have separate inputs to each 
channel. This made it possible to send each of 
the four separate delayed outputs from the 
UREI to its own crossover channel, to facilitate 
individual adjustment of the PA's frequency 
bands. (To my knowledge, Ultra Sound is still 
the only company marketing a crossover with 
individual inputs that allow a system to be used 
in this way.) 

Alignment Technique 
The alignment procedure used is based on 

generating an impulse into the system, and then 
adjusting in time each of the components of the 
system according to the leading edge of the 
impulse as received by a microphone at the 
mixing console. The output from this 
microphone and mike pre -amp feeds the input 
of an oscilloscope, which is triggered by the 
emitted impulse, and the returning pulse 
displayed on the screen. The screen is then 
marked with a grease pencil to indicate the 
leading edge of the returning pulse. Input to the 
bass drivers is not delayed, but used as the 
reference to which the rest of the system is 
aligned. 

"I start with the bass as a reference because 
it's usually the slowest to respond to the impulse 
in most systems," Pearson says. "Depending on 
the components, the bass driver and crossover 
network combination can be 3 to 4 msec. behind 
everything else. The worst case I've found 
exhibited 15 msec. of delay between the bass - 

and the high -frequency drivers. This was in a 
'professional' multiway PA described to me as 
being unclear and muddled, and that was the 
reason." 

Once the leading edge of the bass stack is 
marked on the oscilloscope screen, an impulse 
is sent to just the mid -bass stack. Its arrival time 
is then adjusted using the UREI 927, until the 
leading edge lines up with the mark on the 
screen representing arrival time of the bass 
frequencies. This process is repeated with all the 
drivers until the entire system is aligned. At first 
only one trace from a single frequency band is 
displayed on the screen at a time. Then, using a 
filter on the output of the impulse generator to 
highlight the desired frequency range, Pearson 
sweeps over the crossover point between two 
neighboring sections and does a fine adjust- 
ment. 

"Somewhere along the received impulse 
display you will see a modulation, which is the 
neighboring driver section. We then move these 
drivers around a little more to optimize the 
impulse display - the result is that the impulse 
act ually gets larger in size on the screen. Polarity 
is a big factor here as well, because if your 
speakers are wired backwards the impulse will 
become smaller or misshapen as you try to 
optimize it," he related. "An inch really does 
make a difference - there is a point where it just 
snaps into place!" (Figure 6.) 

The audible result was quite impressive. 
Large outdoor systems of this type are not 
generally noted for their cohesiveness of sound, 
but this system was an exception. Drum solos 
sounded like percussive charges going off, 
instead of the usual smeared effect. Vocals, 
especially, were clear and precise and projected 
quite well. As the delays were switched in and 
out there was a noticeable difference in the 
transient response and the coherency of the 
system. 

Don Pearson had wanted to try delaying the 

When The Others Don't 
Come Up To 

our PEM 468 Studio Mastering Tape will. Accepted on the 
highest level as "the tape" tor top quality original recording, 
it's available to the discerning as a low- noise, high-output, 
low -print mastering tape. n 1/4", 1/2". 1" and 2" - and PEM 
526 Bintape in 1/4", 1/2' and 1 ". When your standards tor 
recording demand the highest, come up to that level - and 
surpass it - with AGFA -GEVAERT Mastering Tape. 
Contact us TODAY' 

W1 MASTERING 
TAPE 

AGFA -GEVAERT, INC. 275 North Street, Teterboro. N 07608 (201) 288 -4100 
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Figure 6: Ultra Sounds pulse alignment and test 
equipment. Greatful Dead Concert, Spartan Stadium, 

Spring, 1977. 

entire time corrected PA system back toa point 
on the stage where the band's backline 
equipment was set up, so that the amplified 
sound would be more in sync with the acoustic 
sound coming directly off the stage. He was 
unable to get the desired effect, however, 
because sound from the side PA stacks threw 
everything out of sync again. 

The Grateful Dead were very impressed with 
the sound of the system and have used this type 
of setup on numerous occasions since then. 

"Used indoors," Pearson explained, "a setup 
of this type seems to mask excess reverberation - the reverb and echo coming off the rear wall 
has more of a coherent sound to it, and doesn't 
interfere with the main system as much. The 
effect is that reverb sounds like tape echo and is 
masked by the original sound." 

Once the proper delay for a particular setup 
and combination of equipment has been 
determined, you can eliminate the time - 

consuming task of alignment on every occasion 
so long as you set it up exactly the same way 
each time. Obviously, any variation from this 
setup would necessitate a re- alignment using the 
pulse generator and scope. 

If, because of the fall's physical restrictions, 
the cabinets can't beset up in columns - or you 
don't happen to like a column -type PA in the first 
place - you can still use this technique of 
alignment, so long as all the drivers in each 
frequency band are set up on the same two- 
dimensional plane. Also, if it turns out that the 
proper delay required between adjacent stacks 
is relatively small, you can simply put alignment 
marks on the sides of the cabinets to assure a 
proper physical alignment in the future, and 
therefore dispense with the electronic delay 
entirely. The less processing a signal goes 
through, especially in the higher frequencies, 
the better it is going to sound ultimately. 

According to Don Pearson, "Presence in the 
high frequencies is what determines intelligibility 
of the system. I've found that before you can 
identify a sound you have to be able to localize 
where it is coming from, and that information is 
contained in the high frequencies. So the more 
coherent, clean, and quiet the high -frequency 
response is, the sooner you will be able to 
identify the sounds, and the more intelligible the 
whole system becomes." (As Bob Cavin at 
McCune Sound found out in his work on the 
SM -3, Pearson has also discovered that the high 
frequencies should be leading slightly - by a few 
microseconds.) 

Ultra Sound has since taken delivery of two 
more UREI delays that have been modified for 
them to provide 125 microsec. steps, instead of 
the previous limit of 1 msec- "Actually, 100 
microsec- increments is more than sufficient, 
and I can't imagine needing more than 15 msec. 
total delay per output. I see an immediate need 
for a combination crossover /delay module that 
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would make it possible for you to simply buy 
however many are needed to align your present 
multi- component system." 

Convinced of the merits of time- corrected 
sound equipment, the Grateful Dead began 
looking for a stage monitor system utilizing this 
technique. Their search eventually brought 
them right back to Ultra Sound and MSLI. Ultra 
Sound is a representative for MSL1's UltraMon- 
itor" and has put together a rental package of 
speakers, processing electronics and amplifiers 
pre -mounted in heavy -duty road cases. As soon 
as the group used the UltraMonitor' they 
recognized that someone was on the right track 
at last. The band had recently replaced the UREI 
8135 in their studio with ACD /John Meyer 
Studio Monitors, and were reported to be 

delighted at having the same level of technology 
available on stage. 

The band's devotion to providing their fans 
with the best sound possible was epitomized in a 

series of concerts recently held in San 
Francisco, New Orleans, and New York, in 

which the monitors and entire PA consisted 
exclusively of time -aligned" components 
designed in whole or in part by John Meyer. At 
the eight Radio City Music Hall concerts in New 
York, for instance, McCune Sound installed two 
JM -10s flanking the stage, and six JM -3s for 
front fill. FM Productions brought in a center 
overhead cluster, called the System 80, and 12 

UltraMonitors" were supplied by Ultra Sound. 
The bass guitar setup was a prototype of an 

MSLI subwoofer musical instrument system. 
The concerts were all recorded for later release 
using ACD /John Meyer Studio Monitor 
speakers in the control room.. To date, this was 

the largest amount of time -aligned" PA 
equipment ever assembled for a single show; the 
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result was nothing short of awesome - ask 

someone who was there! (Figures 7, 8,9 and 10 

show the setup at the Warfield Theater in San 

Francisco.) 

Equalized Delay 
There is also a problem that the simple 

technique of splitting up a speaker and delaying 
its components will not correct totally. Namely. 

that all the frequencies reproduced by a delayed 
component will be affected the same amount, 
even though the delay length was chosen to 

optimize the response close to the crossover 
point. 

In order to combat this problem, John Meyer 
has developed an equalized delay system that 

delays selected groups of frequencies within a 

single section of a multiway speaker system. 

"We Deliver Performance!" 
You've known us for our expertise as a service organization. In 
addition, here are some of the fine equipment lines that we sell: 

AB Systems 
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Amber 
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(Photos by Dennis Minnick) 

Figures 8, 9, und 10 (k'tt tu ruhu: McCune Sound JM -10s hanging, JM -3s on edge of stage, and subwoofers 
on the floor of the Warfield Theater, San Francisco for a Greatful Dead Concert. 

This delay was first implemented in System 80, 
the speaker system Meyer designed for FM 
Productions. System 80 is 15 feet across, looks 
like a large barrel, and is meant to hang as a 
center cluster. Based on a design that originated 
with Owsley Stanley, this cluster is made up of 
60 12 -inch speakers built to Meyer's specifica- 
tions. The speakers have been mounted in an 

arc, and are designed to cover the frequency 
range from 80 Hz to 1 kHz. Located above these 
direct radiators is a horn array for the mid- to 
high -frequencies from 1 kHz to 8 kHz. 

The delay to the 12 -inch speakers increases 
progressively from 100Hz to 1 kHz. From 1 kHz 
on up to 8 kHz, the delay is accomplished by 
physical placement of the horns. This latter 

Get Aligned 
StQy Aligned 
with STL precision magnetic 
test tapes 
These dependable tapes are used by broadcasters, 
recording studios, equipment manufacturers, 
governments and educators throughout the world. 

STL offers the most accurate reference in the widest variety... 
Alignment, Sweep, Pink Noise, Level Set, Azimuth and 
Flutter /Speed. Available on reels, in broadcast carts, in home 
carts and in cassettes...2" to 150 mil tape widths. Also avail 
able is the Standard Tape Manual and the Magnetic Tape 
Reproducer Calibrator. 

Write or phone for fast delivery or free catalog. 

T 0 
STANDARD TAPE LABORATORY, INC. 
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array protrudes to a point behind the 12 -inch 
direct radiators, so that there is almost a 2 msec. 
difference between them and the compression 
drivers. 

Anything below 80 Hz is handled by MSLI 
subwoofers, which are positioned physically for 
proper alignment - ideally slightly forward of 
the main system, since the low bass typically 
exhibits the most delay. FM Productions set up 
another array of Heil high -frequency drivers to 
cover the bandwidth above 8 kHz. 

Even in an array of this size, there are still 
several milliseconds of delay at and below 80 Hz, 
so Meyer did not want to delay this range any 
more. From 80 to 100 Hz the delay is gradually 
increased from 0 to above 1 msec. and 
continues on up to approximately 2 msec. at 500 
Hz. It remains at this delay setting up to 1 kHz, 
at which point the delay aligns with the physical 
location of the compression drivers in the mid- 
range array. As a result, from roughly 80 Hz to 1 

kHz the whole 12 -inch array is syncronized in 
gradually ascending increments. This effectively 
means that a square wave in is a square wave 
out - not a statement you can make about too 
many speaker systems! 

The system not only reproduces all the 
information of an impulse within this frequency 
band, but also delays it back to the mid -range 
array. Design of the mid -range horn was 
originally optimized for its particular function, 
and then everything else in the system matched 
to it. A bulk delay was then used on the Heil 
tweeters to bring them in line with the rest of the 
system. 

Intended to be utilized as a center cluster, 
System 80 was used in this mode during a recent 
national tour by Heart. The system does split 
down the middle, however, and can be run as 
two separate side stacks - either hung or set up 
at stage level. 

Part of the problem with manipulating a 
system as complex as this one is that in its 
present stage of development, it can be very 
time consuming to set up properly, and tedious 
to control. It takes skill and a deal of expertise to 
recognize what is wrong with a particular 
impulse, and what to do to correct it. You have 
to be familiar with what happens to an impulse 
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as its time domain is changed, or you will never 
get a square wave to look respectable. It'll look 
like it's ringing and bending, or will look good at 
500 and lousy at 600 Hz. 

The time delay functions of System 80 are 
adjusted only after all the crossovers have been 
set, and the system equalized. The reason for 
this particular order of events is due to the fact 
that all currently available devices that tailor 
amplitude response, also introduce their own 
percentage of phase distortion. Cumulative time 
anomalies caused by the speakers themselves, 
their physical placement in the system, and the 
phase distortion of the signal processing 
devices, are then treated in total by the group 
delays. 

An obvious outgrowth of this specialized 
frequency -selective delay unit could take the 
form of an outboard signal- processing device of 
its own. In fact, John Meyer has adapted such 
technology for this purpose: MSLI has already 
produced two such units for the Grateful Dead 
(who else ?), and producer Ron Nevison. The 
amount of delay as well as the width of the 
frequencies affected can be adjusted to subtly 
affect the sound of whatever is being processed; 
be it a bass guitar or entire PA system. 

"The way it's set up now makes it fairly 
complicated to operate, unless you really 
understand the theory and know what the 
device is actually doing electronically," Meyers 
explained. "We are playing around right now 
with various schemes to make it more readily 
apparent what it's really doing. The problem is 

that we at MSLI need to get a better feel for what 
the mixer can relate to. What kind of delay and 
what kind of sound does he want to achieve? 

"What we're doing is isolating the delay 
function independently of amplitude manipula- 
tion, which is something that hasn't been 
available up until now. The cloest analogy to this 
device would be a parametric equalizer; but a 
parametric doesn't just change amplitude, it 

changes phase as well - as does any equalizer. 
There is a new class if circuitry being designed 
that will address this problem directly; which will 
automatically correct for the phase problems 
that occur as you adjust the amplitude. But it 
doesn't look like it will be ready for implementa- 
tion for a while. 

"I'm thinking of setting up the delays to 
operate on an octave -band basis, so that you 
could adjust the delays as you normally would 
the relative amplitude of an octave equalizer." 

Once the delay of various frequencies relative 
to the entire bandwidth can be adjusted, it 
should be possible to create whatever "type" of 
sound you desire. For instance, if you want to 
create a "rock and roll" sound, typified by an 
excess of delay in the low -frequency range, this 
could be achieved by delaying only the low -end 
of an otherwise flat PA, and not touching the 
important vocal range of the system. The delay 
processor could also be applied just to the kick 
drum, for instance, and its sound tailored to suit 
the type of song being performed. As might be 
expected. it is important that you have a PA 
system capable of reproducing the subtleties in 
the first place - one that is itself time- corrected 
and well controlled. 

When you increase the coherence and align 
the time domain, you are actually able to turn a 

loudspeaker down - especially a stage monitor - because a speaker's intelligibility is improved. 
As Don Pearson puts it: "When you first hear a 
low- distortion system, the apparent loudness is 

lower. Some people relate to distortion as 
loudness; I don't relate to those people very well. 
There are some sound men with whom I have 
worked in the past that need to hear some form 

of clipping somewhere in the system, or they 
don't think that it's working correctly. They are 
so used to hearing that kind of sound that they 
feel there is something wrong if they don't hear it 
anymore. When people who have been brought 
up on the sound of the old Altec 604 hear the 
UREI Time Aligned" version - the 813 - they 
want to EQ the old sound back in! 

"It's really only a matter of educating people a 

little bit, but you have got to get them to hear the 
difference in the first place! You teach your ears 
to hear over a period of time and have to keep 
educating yourself and your ears constantly. 
Once you get rid of one form of distortion and 
have trained your ears and mind to recognize it, 
then you can move on to the next one and go to 
work at eliminating it. 

"A PA shouldn't create distortion of its own. It 
should be accurate, although I am not opposed 
to reproducing whatever distortion the band 
wants to use, be it from fuzz boxes, overdrive 
units or whatever." 

Conclusion 
Ideally, a sound system shouldn't have any 

particular sound - a "rock and roll sound ", 
"heavy metal sound," or "MOR sound." It 
should be as transparent and precise and as free 
from distortion as possible. Once you have a 

reference that you know is accurate and aligned 
and flat, it can then be altered to suit the 
individual client, or whatever the requirement is 

at the time; only then you can adjust the delay of 
the bass drivers to produce a boomy, gut - 
wrenching low end - or not. You can always 
make a clean system sound distorted, but never 
vice -versa. 

This last aspect brings up one of the early 
criticisms of extremely flat systems: namely, 

that they don't seem to have a certain 
indefinable "sound" that some groups look for; 
they don't have "balls" or the "punch" that has 
always been characteristic of a "rock and roll" 
system, for instance. A sound company is often 
chosen on the same basis that a musician 
chooses one guitar amp over another - it has a 

certain "sound" that he likes. But the whole 
point of having a flat system in the first place is 

that you can always modify it, using various 
delay and amplitude techniques, to sound like 
any other system presently available, without 
being permanently locked into only one 
"sound." A system can be adjusted from the 
ultra- transparent, low -noise requirements of 
symphonic reinforcement to also provide the 
larger -than -life and ballsy sound favored by PA 
companies that cater to the strictly rock and roll 
business. 

One of the biggest differences between the 
many types of systems currently available is the 
amount of delay inherent in the types of 
speakers, cabinets, and processing equipment 
favored by the various sound reinforcement 
companies. If more companies modified their 
equipment to be phase coherent and time - 

corrected, they would then be able to start with 
a flat reference point and adjust to the individual 
needs and desires of many different types of 
artists. This could open up the market potential 
considerably, since it would enable a company 
to compete for the business of a broader range 
of talent. It would also give performers a greater 
choice of companies from which to choose. 

Most importantly, it would go a long way 
toward establishing a measurable quality 
standard in the sound reinforcement industry 
that everyone could agree on, refer to, and work 
towards. 

NOISE GATE GT -4 
The remarkable low cost noise gate that is 

so simple and economical to use 
that people are finding new 

applications for them every day. 

Use one 
channel for each 
mike in your P.A. 
System and drastically increase loudness without 
feedback. Gate your echo returns to adjust 
decay time without running to the chamber. 
Gate your cue feeds and rid the head- 
phones of distracting hum and noise. Gate each 
mike on the drum kit, the sound is spectacular! 

For the full story and a list of dealers call or write 

Omni Craft Inc. RL 4 Box 40, Lockport, Illinois 60441 (815) 838 -1285 

1 

OMNI CRAFT 

14:45-14 I 

111: 
ñ 

OMNI CRAFT INC. 
RT. 4 BOX 40 
LOCKPORT, IL. 60441 815- 838 -1285 

R -e /p 63 December 1980 

www.americanradiohistory.comwww.americanradiohistory.com

www.americanradiohistory.com
www.americanradiohistory.com


SO S GUM TO MAU s 
- number 13 in the series - 

WARFIELD THEATER 
982 Market Street 

San Francisco, CA 94103 
(415) 864 -0815 

(Bill Graham Presents, Inc.) 

Driving Directons From Airport 
From San Francisco International Airport 

take 101 North toward downtown San 
Francisco. Exit at 7th Street and continue east 
one block to 6th Street; left to Market Street. 
Theater is between 5th and 6th on Market. 

Facility 
Old movie house, seating 1,021 in orchestra 

and 1,258 in single balcony, for a total capacity of 
2,279. Open normal business hours but suggest 
calling ahead for appointment. No specific 
ending time for shows. Permanent proscenium 
arch with level stage. No orchetra pit, although 
front section of seats can be removed for 
dancing. Eighteen moveable pipes above stage. 
Two -inch thick hardwood stage floor; no trap 
doors. Proscenium arch: 44' 11" W x 37' 10' %" H. 
Stage width: Upstage, wall -to -wall: 46' 6 "; 
Downstage, wall -to -wall, 74' 6"; Upstage left to 
counterweight: 46'; Downstage left to 
counterweight: 55'. Stage depth: Stage edge to 
back wall: 34' 10"; Stage edge to house curtain: 
5' 2"; Stage edge to last line set: 32' 5 ". Height: 
Deck to grid: 63'; Stage floor to auditorium floor: 
3' 8 ". Distance from stage to balcony: 
Approximately 35'. Distance from apron to first 
row of seats: 3'. 

Acoustics 
All seats are padded. Slight reverberant 

persistence in room in low -mid- range. Slight 
hollowness on stage but not really a problem. 
RT60 measurements available. 

Loading 
Stage loading door is at 24 Taylor Street (5th 

Street becomes Taylor Street after crossing 
Market Street). Park on street and load two 
steps down onto stage. Ramp available. Loading 
door measures 11' %" H x 7' 10!4" W. Street 
parking can usually be reserved ahead. Small 
stage makes it difficult to store equipment 
backstage. Suggest storing cases in truck. 

Setup 
Small 5' W x 32" D areas in front of fire curtain 

on either side if stage available to set up 
speakers. Use of these areas can block up to 40 
seats, depending on stage setup. Recommend 
putting something here to cover under the 
balcony and then hanging main PA. Five 
separate hanging points in front of proscenium 
arch can each support at least one ton. Large 
area in front -section of balcony (Rows AA, BB, 
CC; Seats 101 -119) reserved for sound console. 
Console must be located in this position. Snake 
(150' minimum) must be run off front of stage 
right; behind curtain next to stage; up to hole in 
wall at balcony level; over to balcony and then 
along balcony rail to house mix position. 
Balcony overhang begins about 12 rows back 
from the stage over orchestra Row J, so that 
most of the main floor seating is under the 
balcony (see diagram). 
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Sound System 
Two balcony -fill speaker clusters are 

presently hung in front of arch, stage left and 
right, and run in mono mode. Each cluster 
contains a 3 x 15" folded -bass cabinet; a 4 x 12" 
front -loaded low -mid horn; a horizontal array of 
four Gauss HF 4000 compression drivers; and 
two Ess /Heil HS 600 air -motion transducers. 

This system is quad -amped using four Crown 
DC300As, and two Crown D60s. An Orban 672 
para/graphic equalizer in line with an APR 550A 
EQ/line driver is available at house mix position 
for equalizing the system. 

Balance of PA should be brought in or rented 
locally. 

Electrical 
Two 100 -amp single phase circuits available: 

one stage right; one stage left. Main breaker 
boxes on stage require pigtail connections. 
Actual voltage is 119 VAC. No in -house lighting 
system. 

Personnel 
Union house with non -union assistance. 
Building Manager: Dave Murphy, (415) 878- 

4491. 
Stage Manager: Contact Bill Graham 

Presents, (415) 864 -0815. 
Light man and Chief Electrician: Dave 

Murphy, (415) 878 -4491. 
Piano tuner available through B.G.P., (415) 

864 -0815. 

Traveling Soundman Reaction: 
"Quite good acoustically, except under the 

balcony, so set up some speakers to cover this 
area specifically. Room is remarkably free of 
echoes. Stage itself has odd shape due to its 
location in corner of building. Recommend flying 
PA in here since it is hard to hit top of balcony 
from stage level. Area under balcony also gets a 

lot of sound directly off stage." Steve Kader, 
McCune Sound. 

"This room has a good feeling to it, although a 
buzz usually crops up somewhere in the system. 
During the setup for the recent Grateful Dead 
concerts it was discovered that there was a 60 V 
potential between the grid and the Fire 
Department water pipe! This has been 
eliminated, and the buzz problem is less 
pronounced now. Very professional crew. Old 
"speakeasy" downstairs, which we converted 
into a control room to record the Dead 
concerts." Don Pearson, Ultra Sound. 

"I don't particularly like the sound in this room 
too much. Under most conditions it has a 
"canny" sound - somewhere in the lower 
midrange. It's best to have two separate 
systems: one for the balcony and one for the 
orchestra, although the amount of PA you can 
put in at stage level is limited." Howard 
Danchik, Ultra Sound. 

FEEDBACK ISN'T ALWAYS 
A DIRTY WORD! 

The information contained in these 
surveys is as accurate as possible at the 
time of printing. However, there will 
always be changes and improvements 
made to in -house sound equipment and 
acoustics as more and more venues 
become conscious of high quality sound. 
Many of these halls rely on the comments 
and reactions of visiting engineers such 
as yourselves and make changes 
accordingly. So, if you should come 
across a situation that you feel is contrary 
to what is printed, please drop me a note 
and I'll print an update. Also, if you have 
any reactions to a venue (pro or con) that 
you'd like to see surveyed in an upcoming 
issue, please address them to: 

PAT MALONEY 
RECORDING engineer /producer 

P.O. Box 2449 
Hollywood, CA 90028 
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SO 195 GÜIIDC ir0 VJC 
- number 14 in the series - 

LLOYD NOBLE CENTER 
2900 Jenkins 

Norman, Oklahoma 73019 
(405) 325-4666 
(405) 321 -9406 

Driving Directions From Airport 
Take Airport Road to 1240 East, to 135 South, 

to State Highway 9 East. Exit Jenkins Street. 
Facility is 1/4-mile north on Jenkins Street. 

Facility 
Underground 13,000 seat arena can be 

partitioned off to form 2,800 - 4,300 seat theater. 
Open for inspection 8 to 5 p.m., Monday 
through Friday. Shows must conclude by 12:00 
Midnight. Level portable stage erected as 
needed measures 48' W x 36' D x 40" H. No 
orchestra pit. 2,000 portable seats on main floor; 
11,000 permanent seats surround main floor. 
No overhanging sections. First row of portable 
seats generally set up 4 - 5' from stage. Height 
from stage to ceiling is 50'. No moveable pipes 
above stage. 

Acoustics 
Suspended acoustical ceiling made up of 5' x 

5' "nubby" fiberglass squares. All wall surfaces 
faced with polycylindrical sections alternating 
with absorbtive material areas. Fairly even 
reverb characteristics with no serious echo 
problems. 2,800 seats are padded; 10,000 are 
hardbacked. Noisy air conditioner is not a factor 
with loud music acts. RT6o reverb time is 
estimated at about 1.8 sec., mid -band, in an 
empty hall. Slightly less in the higher 
frequencies. 

Loading 
Loading door located at south end of building 

at ground level measures 19' H x 13' W. Long 
ramp leads from parking lot down to stage level 
and also measures 19' x 13'. Semi's can back 
down ramp and unload directly onto stage. 
Unlimited truck parking. 

Setup 
Four loudspeaker risers measure 16' x 10' x 

40" and can be stacked offstage. These risers 
block sightlines from 400 to 800 seats. Speakers 
can be hung from ceiling points capable of 
supporting 1,500 - 4,000 pounds each, 
depending on the location. Union stagehands 
must be called when hanging speakers. A 24' x 
12' section is reserved for visiting sound 

SOUNDMAN'S GUIDE to VENUES 
is a series being compiled by R -e /p's 

sound reinforcement consulting editor, 
Pat Maloney, whose full -time 

profession is as an internationally 
recognized sound reinforcement 

engineer /mixer. The series is the result 
of a questionnaire Pat developed to 
be sent to performance venues in 

anticipation of the start of a concert 
tour. The information returned by the 

venue is considered vital to pre- 
planning the tour. Periodically R -e /p 

will offer an updated collection of 
the reports published. - ed. 

company console and can be located anywhere 
on main floor. Generally it is set about 100' from 
stage and requires 150' cable to reach center 
stage. Grounded AC outlet is 15' away. 

Sound System 
Designed for sporting events and general 

paging applications - not high level music 
amplification. 

Center -hung system consists of seven 90 °, 
eight 60 °, and four 40° JBL radial horns on JBL 
2440 drivers. Eight JBL 4560 bass cabinets with 
JBL 2220 woofers. Bi -amped via two Crown DC 
300As, four Crown D150As, and one D60. UREI 
crossover. Three UREI 539 1 /3- octave 
equalizers. Four UREI 560 notch filter sets. 
Shure SR101 mixing console will accept 
balanced line level signal on 3 -pin XLR 
connector. Six Shure SM -58 mikes on Atlas 
stands. 

Electrical 
Virtually unlimited 3 -phase AC service into 

building. Main breaker box is located at south 
end of arena, 10' from normal stage position. 
Pigtails required to connect to house power. 
Two transformers provide 75 and 150 amps 
respectively to stage AC boxes. Actual voltage 
is 110 VAC. 

No in -house lighting equipment other than 
four Super Troupers and overall house lights 
normally used for sporting events. 

Personnel 
Non -union house: University students used 

as stagehands unless rigging or extra spotlights 
are required. Separate loading crew not 
required. 

Building Manager: Don Hotz, (405) 325 -4666. 

Stage Manager: Buddy Combs, (405) 325- 

4666. 
Chief Electrician: Henry Loyd, (405) 325- 

4666. 
Piano Tuner: Eddie Knight, (405) 632 -3872. 

Traveling Soundman Reaction: 
"No reverberation problems here since there 

are virtually no parallel surfaces at all. Pretty 
easy to get a good -quality sound in this arena 
compared to most others. There is a wide ramp 
down to the arena floor but the stage is usually 
built right at the edge of the ramp. This prevents 
trucks from leveling out to unload so we first 
brought the trucks in, unloaded them, drove 
them out, and then built the stage. Fortunately 
the design of the stage enables it to be put 
together fairly quickly." Mike Brady, McCune 
Sound. 

"Steep incline of ramp makes it impossible to 
drive trucks down to stage unless stage is in 

center of arena and plywood layed down. 
Forklifts can't go on basketball floor either. 
Dangerous to roll anything top -heavy down 
ramp and, in fact, a few of our cabinets were 
dropped and damaged. No problems sound - 
wise. Power is plentiful and clean. House crew 
very cooperative, but suggest collecting ID 
cards of college help before show to insure that 
they will return at the strike!" Dave Morgan, 
Soundman for Barry Manilow. 
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STUDIO MAINTENANCE ROUNDTABLE 

- PART 2- 
In the April 1980 issue R -e /p looked at the philosophy of preventative maintenance and the importance of 
keeping routine test and repair reports. In this issue our roundtable of maintenance engineers considers specific 
problems that may occur during the day -to -day running of a busy studio. In addition each engineer has 

contributed a favorite modification of studio equipment. 

A maintenance engineer's importance is 
before the fact. If he hasn't done his job 
correctly before the session, he hasn't 
done his job. Routine maintenance is the 
best protection against sudden calamities 
occuring during an inspired recording 
session. 

First things first. Power supplies should 
always be checked. Pull the back panel off 

Compressed air can save time, but it can also 
blow the dust and dirt to other less accessable 
parts of the machine, like bearings and relays. 
It's best to use compressed air only at the work 
bench and sometimes on the patch bay, 
depending on its location. 

Mike Fusaro (Automatt, San Francisco) 
checks the studio's patch cords periodically. If 
an intermittent caused by a faulty wire crops up 

JEFF HANSON 

MIKE FUSARO 

everything, remove all cards, clean the 
connections and contacts (John Sands, of 
Soundlabs, Hollywood, recommends cleaning 
gold contacts with a pink pencil eraser), and 
vacuum the dust out. "Dust and fur that grows 
on contacts in the depths of the machines is a 
time bomb. Comes the day when a little bit of 
moisture gets in there, you have a lot of 
problems." JOHN SANDS 

Jeff Hanson: AUTOMATIC DOLBY MODE SELECTION FOR AMPEX MM -1200 MULTIRACKS 

This interface circuit was designed by our 
technical staff to provide logic -switching 
commands from an Ampex MM -1200 
multitrack to external Dolby channels, so 
that the latter would not require indepen- 
dent manual switching but would automat- 

ically follow the machine's functions. Any of 
the multitrack channels in "input" and /or 
"record" will switch its respective Dolby 
channel to a record mode. 

The schematic shows the circuit for four 
channels. All signals and voltages can be 
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derived from one of the two large duplicate 
control box connectors (J1) located at the 
rear or top of the MM -1200. 

If all the channel functions are handled 
remotely, leaving only transport functions 
on the machine, the interface circuit can be 
installed directly inside the mostly empty 
control box. Pins can then be inserted into 
the control box connector to pick -up all of 
the control signals available in J1. Supply 
voltages can be derived by splicing into the 
existing lines in the connector. Pin codes for 
the remaining 20 channels can be found on 
the control box assembly schematic 
#4840430. 

Pins BA, BB. BC. BD ... of J1 ... go to +18 
V when the status of the channel is "input;" 
otherwise the signal is 0 V. Pins a, b, c, d .. . 

of J1 ... go to +25 V when the status of the 
channel is "record;" otherwise the signal is 0 
V. 

For this reason, a voltage divider is used at 
each input to keep the signal less than the 
supply voltage. A single +12 V regulator can 
be used to supply all ICs. The Dolby 
switching inputs are bussed on one side and 
then grounded to the Ampex. After a year of 
use at S.B.S., the interface has been 
dependable and trouble free. 

Any comments or suggestions are always 
appreciated. If you have any questions or 
would like information on a PC board for the 
interface circuit, feel free to contact us at 
(805) 963 -4425. 

by Robert Carr 
Photos by Stephen Burchesky 
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"Lexicon Prime Times 
aren't just an effect for me ... 
... they're an integral 
part of my sound." 

Pot Merheny 

"I felt I needed a bigger guitar sound, and the 
sound engineer at Talent Studios in Oslo where I was 
recording told me to wait while he plugged in o box. 
What came over the monitor was the greatest guitar 
sound I'd ever heard, something I'd been seeking for 
many years. The box was a Lexicon digital delay." 

"I'm amazed at the guitar sound I get from 
Prime Time. No other delay has its warmth. Prime Time 
creates o space around the sound which in o lot of ways 
is as important as the sound itself. Knowledgeable 
listeners soy our concerts sound like our records. Much 
of that can be attributed to 
the Lexicon Prime Time." 

Por Merheny records for ECM Records 

"Today, I use five Lexicon systems on o typical 
concert, of which I do about 300 o year. On stage of my 
right hand is a Prime Time; another Prime Time is at the 
board that mixes the drums and piano. A third Prime 
Time is used on the PA line. We also use a Model 92 
and the new 224 digital reverb." 

If you'd like to experience the sound 
enhancement that's made Lexicon's Prime Time the 
favorite of Pot Merheny and dozens of top touring and 
recording groups, circle reader service number or write 
to us. We'll arrange to get you into Prime Time. 

lexicon 
Lexicon, Inc., 60 Turner Street. Waltham, MA 02154 (617) 891- 6790 /TELEX 923468 

for additional information circle no. 38 
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BART JOHNSON 

during a session, it can be most time consuming 
to find. By keeping the patch cord plugs clean, 
and the patch bays covered as much as 
possible, Mike finds the patch bays themselves 
are less susceptible to failure through poor 
connections. 

About once a week John Sands does a 
distortion measurement on the board. He has 
noticed that he gets a more accurate reading if 
the console has been on for at least an hour. 
"Solid -state equipment isn't supposed to need 
warm -up time, but I think it makes a difference," 
he says. "When my seconds fill out trouble 
reports, I stress that they log the time of the 
malfunction in relation to the start of the session - i.e., was it all right after turn -on or one -hour- 
and- forty- minutes into the session ... ?" 

A major point of debate is whether or not a 
board should be shut down at night. There are 
two schools of thought: 1) a console will last 
longer if it's left on; it will stay warm and more 
stable; and there is less chance of blowing out 
op -amps and burning out lamps; or 2) turning 
the board off at night conserves power. If 
something does blow when it's turned on again, 
there's a problem that should have been fixed 
anyway. Leaving the board on could allow a 

sharp AC transient to blow out a good 
component. Such a problem might be 
compounded if the blow -out caused a short in 
an unattended board. Essentially, it boils down 
to doing whatever works best for the individual 
studio. 

Well! How'd It Happen? 
One universal law is that if anything is spilled 

into a console - or any piece of gear for that 
matter - the maintenance people have to know 
about it immediately. Blame the accident on 
anything, but just let somebody know so it can 
be cleaned out as soon as possible, with as little 
damage as possible. 

A recording studio is only as trouble -free as 
the power supplied to it. Usually power 
presents no problem in the city, but Indigo 
Ranch (Malibu, California) is the last customer 
on a five mile line in Malibu Canyon, and at 
times the voltage drops to 90 volts. When Bart 
Johnson of Indigo complained about these 
intermittent deficiencies, Southern California 
Edison sent out customer service people whose 
main job is to keep customers calm. As Bart 
explained: "The power company hooked up a 
chart recorder into the line that would take a 
reading every one or two seconds. It shows you 
nothing except a change over a long period of 
time. I had to rent a storage oscilloscope to take 
pictures of the transients. When I showed them 
IS.C.E.I the voltage spikes, they seemed totally 
lost. I had to go to the Public Utilities 
Commission to reach people who would 
respond to our problems and correct them. 
They then put a new 16 KV line in for us, and 
periodically come out to clean the terminals to 
keep the noise down. It took a fair amount of 
pressure to get the power company's 
bureaucracy moving, but once we were able to 
communicate the problem, we were able to get 

John Sands: 15/30 IPS EOALIZATION SELECT SWITCH FOR 
SYNCHRONIZED 3M 79 SERIES TRANSPORTS 

1 L H, 

"A" WAFER 
Figure 1: Existing Factory Circuit. 

i 

H 

E t 

LO 

HI 

MO D 

A' WAFER 

"B'" WAFER 

LO 

EO SWITCH TO 1 L. 

2 H BE MOUNTED 

3 L 
ON LEFT HAND 

H 4 H DECK LOCK. 
5 E Co NC N L 

LO V 

HI V 

LO 

HI 

Figure 2: 53A Modified. 
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Problem: 
3M Model 79 when used in external 

capstan mode switches logic to 15 ips. 
During synchronization (i.e., lock -up as a 
slave with another machine), if the master 
machine is at 30 ips, the synchronizer will 
drive the M79 to 30 ips. Equalization, 
however, will not be switched to the AES 
curve, but is held to the NAB curve used at 
15 ips. This will result in an uneasy surprise 
when the tapes are taken to another studio, 
or the slave tape is played and /or recorded 
on the master machine. 

Solution: 
An external capstan EQ logic switch 

allowing EQ to be selected to match the 
chosen synchronizing speed. 
Procedure: 

1 - Locate and remove switch S -3 on left 
hand side of deck. 

2 - Remove wire from S -3 wafer A #5. 
3 - Solder wiper wire of EQ switch to S -3 

A -5 (see Figure 2). 
4 - Solder normally closed wire of EQ 

switch to S -3 wafer A #4. 
5 - Solder normally open wire of EQ 

switch to 3M wire removed in step 2 (use 
shrink). 

6 - Drill hole for EQ switch in transport 
shipping lock brace. Switch should be 15 ips 
EQ in right position; 30 ips EQ in left 
position. 

7 - Re- install S -3. 
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JERRY JENSEN 

it solved completely." 
While working for a broadcaster a few years 

ago, John Sands had an unexplainable 
annoyance concerning noise in the equipment. 
Southern California Edison, he says, sent out 
"some very qualified people and an RF mobile 
truck with sophisticated gear." They traced the 
disturbance - airborne interference - to 
unsuppressed arc welding at a commercial firm 
down the block. S.C.E. threatened to cut the 
power to the welding operations if the problem 
wasn't corrected within 24- hours. (The 
company was using the power in violation of an 
FCC ordinance). The unexplained noise 
disappeared when the company complied. 

Canon and Minolta copiers with high 
intensity Argon gas- discharge lamps draw 
current when the sine wave is over about 90 
volts, and extinguish somewhere below 60. This 
quick 120 cycle transition between high current 
and nothing at all often creates a radiation 
problem that can extend as far as a block away. 
Peter Butt, of Wally Heider Recording, 
Hollywood, has found the utility company to be 
helpful in such situations - if he is persistent. 

Grounding 
Probably the biggest headache in any studio 

is grounding; one little flaw or break can cause 
all sorts of hum, buzzes, or other assorted, 
impossible -to -live -with, sounds. 

Mike Fusaro worked for a while at CBS 
where everything is brute grounded; all the 
equipment being grounded to a common buss 
bar. Very often ground problems get masked 
with this type of format. When new equipment is 
added, problems show up that can be very hard 
to find, simply because there are so many 
grounds. 

The Automatt recently got a new Trident 
board. Everything is electronically balanced, 
and requires a good ground. "The better the 
grounding system, the more care is needed," 
Mike says, "because mistakes show up very 
quickly. We're designed so that no ground 
reaches AC ground. If it does, there's hum, and 
we know where it's caused." 

Grounding at Capitol is complicated: there 
are twelve rooms, and they all go through a 
common echo patch bay. Different philosophies 
were followed as each room was built, so 
grounding was done on a room -by -room basis. 
Capitol's Jerry Jensen: "We used a lot of U- 
Ground third prong lifters. If I notice one on a 
piece of equipment, I pull it off to see if it's really 
needed. There are rooms that are all - 

transformers, and rooms with none at all. I have 
a couple of boxes around the shop containing 
transformers with faders and buffers. There's 
no problem that they won't solve." 

Patch bays at Capitol are wired in reverse; the 
ring is the audio's high side and makes contact 
last. This method has saved a lot of op -amps. All 
the patch cords have their shields lifted at one 
end, except for specially coded ones kept in the 
shop. 
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THE NEW 
PROCESSING 

SERIES MODULAR 
SYSTEM. 

IT'S COMPACT. 11°S FLEXIBLE. IT'S dbx. 
az o x 

;... dbx = y,a,,,..r A.r. 

s . . z ... ' 

--.-. 

With rack space at a premium, you want to save space anywhere you can. 
That's why dbx is introducing the new 900 Series Modular Signal Processing System. 

You start with a single, easy -to- install 51/4" x 19" rack with built -in power sup- 
ply. Then just slip in the modules you need. Up to 8 dbx signal processors, with 
storage for a ninth. 

But the modules themselves are the real stars. 
Our Model 902 is the only de -esser that continuously analyzes the input 

signal spectrum, providing the exact amount of de- essing you want regardless 
of signal level. And the 902 can be used broadband or on high frequencies only. 

The 903 Compressor offers a special negative compression feature. In use, it 

actually begins tc attentuate at the threshold, which gives the signal a new sense 
of punch. Of course the 903 also features our Over Easy compression as well as 
true RMS level detection. 

Our 904 Noise Gate features adjustable attack and release rates, Over Easy 
downward expansion, a special key input that allows you to gate one instrument 
by another, and a unique "gate" mode which eliminates the need to gain ride 
solos during multi -track mixdown. 

The 900 frame accommodates dbx noise reduction modules as well. 
And this is just the beginning of our signal -processing system. Soon we'll 

be offering an equalizer, a flanger, and more. 
So now you've got a signal processing system that's every- 

thing you want. 

dbx, Incorporated, 71 Chapel St. , Newton, MA 02195. 617/964-3210. 
It's compact. It "s flexible. Best of all, it's dbx. 
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Peter Butt's experience with manufacturers' 
use of the cheapest possible power 
transformers - those without Faraday 
shielding between the primary and the 
secondary - has convinced him that they are 
very dangerous. The absence of Faraday 
shielding allows a large capacitance value to 
exist between the primary and the secondary. 
Such a high capacitance allows common mode 
signals to pass through to the secondary 
winding, causing the audio common to be 
capacitively -coupled to the power line. "The 
audio DC common should be isolated from case 
safety ground. This permits discretionary 
connection to case. Case safety ground should 
never be defeated as someone could be injured 
or killed due to a failure of insulation 
somewhere." 

PETER BUTT 

Santa Barbara Sound Recorders is located 
four blocks from a 1 kilowatt AM transmitter. 
Since good grounding is essential, they use four, 
ultra -isolation transformers on the power feed, 
and hospital -grade receptacles - each with 
their own path to ground. These extra -heavy 
receptacles have a third pin ground connection 
that is isolated from the metalwork. Separate 
ground leads from every outlet terminate at a 
cluster of eight ground rods, located outside the 
building in an area of a couple of square feet. 

Bart Johnson UPGRADING CONSOLE PERFORMANCE WITH 
JENSEN 990 DISCRETE OPERATIONAL AMPLIFIER 

In the interest of better all- around 
performance, Indigo Ranch has replaced its 
console amplifiers with a Deane Jensen 
designed 990 discrete operational amplifier. 
In some configurations (mike -pre and 
combine amplifiers) the 990 directly 
replaced the existing amplifier. However, in 
some instances topology changes were 
required to take advantage of the low -side 
specification of the amplifier by lowering 
the source impedance as seen by the non - 
inverting input; this also serves to reduce 

output offset 
Indigo has also scaled down the feedback 

resistor to lower noise even further, which is 
not always practical with an IC -type op amp. 
This is because of the latter's limited output 
drive capabilities, since the device output 
current also flows through the feedback 
resistors. 

The schematic shows the before and after 
modification for an Aengus 404 graphic 
equalizer buffer and switching section, 
incorporating the above mentioned ideas. 
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Each wire is attached to a one -inch copper strip 
that connects all the rods. All wires are double 
shielded and the couplings on every conduit are 
tightened securely. Santa Barbara's Jeff 
Hanson can relax knowing that he "can 
unbalance stuff left and right, and have no 
ground or RF hassles at all." 

With more and more studios also shooting 
video, Peter Butt recommends keeping the 
grounds for audio and video separate. This 
habit eliminates the probability of horizontal 
and vertical video sync pulses (about 15 kHz) 
creeping into audio lines. "Don't even bundle 
both lines in the same harness. You're just 
asking for trouble." 

Sound That's Liked 
Clients tend to be very opinionated about 

which amplifiers and speakers sound best. 
When Capitol contemplates making a 
modification in one of its rooms, regular 
producers and engineers are always informed 
before anything is done. If they don't agree, the 
change is usually tabled. "We were going to 
replace a ten -year old board in one of the 
rooms," Jerry Jensen explains. "A good client 
who used the room a good deal of the time liked 
the sound of that board, even though there were 
some minor things wrong with it electronically. 
He was so attached to the sound that he offered 
to block book the studio for a year at a time, and 
then sub -lease it when he wasn't in there. We 
didn't change it." 

Sound in a room is a very subjective 
commodity. It depends a great deal on the size, 
shape, and acoustic treatment of the listening 
room. To a certain degree equalization can be 
used to even out the peaks and drops in specific 
frequency ranges. Jerry Jensen has his rooms 
shot by George Augspurger. "That's a simple 
statement the client can count on. It doesn't 
mean that other value judgments aren't valid; 
just that George was the last man to touch those 
EQ controls, and the setting is sane. The only 
drawback occurs when we change speaker 
drivers. Then have to call George." 

How does one know when it's time to change 
a driver? If the driver is blown, of course, there is 
no question, but detection of speaker fatigue is a 
very subtle determination. Half the people will 
say a monitor should have more punch; while 
the other half will say it sounds great. Some 
engineers have familiar tapes they pull out for 
comparison, although that's often dubious, too. 
Jeff Hanson always has a couple of spare drivers 
on hand at all times in ease one of their 604s runs 
into trouble. "If there's a complaint, they're 
replaced with no questions asked." 

When connecting power amps to speakers, 
use the minimum length of wire and smallest 
gauge number practical - and shield the 
speaker leads. Jeff Hanson had been placing the 
monitor amps in the attic about thirty feet from 
the console. When he moved them down next 
to the speakers, they responded with a more 
punchy bottom end, more mid, and a significant 
reduction in distortion. 

It's Not Loud Enough 
A universal pet peeve that seems appropriate 

at this point is control room monitor levels. 
Clients usually want more volume, whereas 
anyone who is in that environment for a number 
of hours could eventually impair his or her 
hearing by being subjected to excessive sound 
pressure levels. Mike Fusaro has had some 
artists who wanted it so loud, they asked him to 
stack two JBL 4311s on top of each other on 
both sides, in addition to the main monitor 
speakers. 
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Talk is 
Cheap. 

While others talk about performance 
and reliability, BGW is at wor< proving 
it, day after day after day. That's 
why so many pros Depend on BGW. 

You already know BGW is pre- 
eminent in discos... recording 
studios ... and on the road. Tough, 
demanding applications. But BGW is 
chosen for even tougher 
assignments. 

Consider the 1980 Winter 
Olympics. Future Sound, Inc. of 
Weston, CT was faced with providing 
PA, background music and network 
feeds for the Alpine events on 
Whiteface Mountain. The four 
amplifier sites were inaccessible by 
road. The only access was by 
snowmobile or on foot. Temperatures 
are, at their mildest, bitter. Naturally, 
Future Sound selected 20 BGW 750's 
because of their proven reliability. 

And, when the Pope celebrated 
Mass on Washington's mile -long Mall, 
BGW 750's were there again (along 
with BGW 250's and 600s)... 
selected by Audio Technical Services, 
Ltd. of Vienna, VA for their reliability 
and because they can be operated 
right up to the clip point for hcurs with 
no problems. 

In fact, the BGW 750 outperforms 
Crown's latest amplifier, the PSA -2. 
The 750 delivers more power at 4 and 
8 ohms, has more output dev ces, 
and uses audibly superior full 
complementary circuitry. On3 thing 
the Crown does have ... a higher 
price, its 37% higher.* And ycu know 
the BGW 750 is dependable. If you 
don't know from personal 
experience... ask the Pope. 

Manufactory' Based Manufactory' specifications. 

r_ 
} 

.. al. Depend On Us. 
BGW Systems, Inc.. 13130 S Yukon Ave . Hawthorne. CA 9025C (213) 973 -8093 In Canada Omnimedia Corp . 9653 Cote de Liesse. Dorval. Quebec H9P 1A3 
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None of the maintenance men present have 
any reservations about obviously putting plugs 
in their ears during such a situation. Everyone 
wants to be able to keep on working. In order to 
analyze a problem, you have to go into the room 
and hear it. A maintenance man's ears are his 
most valuable analyzing tool in the studio. 

On occasion Sound Labs refuses to allow 
control room levels to go beyond a certain 
maximum. "We have a set of small auxiliary 
speakers that are great for mixing, " John Sands 
says. "The company got big and sub -contracted 
the manufacture of components. Subsequent 
speakers were not as good as the originals. 
We've had them for over eight years, and no one 
turns them up loud. There's no way they can be 
replaced. If the client wants to bring in his own 
speakers, that's another story. Ours have to be 
used the next day." 

England and the United States have strict 
standards concerning weighted SPL versus 
human exposure time, but as of yet they have 
not been enforced in American recording 
studios. Enforcement will probably come only 
as a result of a lawsuit. But who would be liable? 
. . . the second engineer who's supposedly 
responsible for everything that happens in the 
studio? ... the engineer who actually had his 
hand on the controls? ... the producer who 

Mike Fusaro PROGRAMMABLE TOGGLE MUTE SWITCHES 
FOR HARRISON 4032 AND 3624 CONSOLES 

The mute keys on the Harrison 4032 and 
3624 are of a push-to- engage /push -to- 
release variety, and are not automated. All 
engineers at The Automatt had used boards 
that had toggle switch mutes, and also they 
wanted to be able to program this function. 

A toggle switch was mounted directly 

above each fader. When this switch is on it 
overrides the fader and indicates to the 
computer that the fader is off. For the 3624, 
when the switch is on it connects the top of 
the fader to ground. On the 4032 this switch 
completes a circuit that shorts the wiper to 
the bottom of the fader for muting to occur. 

ordered the increase? ... the studio itself? 
In order for a Workmen's Compensation 

claim to be honored, the present criteria for 
hearing damage is destruction of intelligibility 
below 5 kHz. Critical listening levels are 
nebulous standards to measure, let alone verify 
in court. (See Law and the dB, Martin Polon, R- 
e/p, April 1980, Volume 11, No. 2.) 

Bart Johnson of Indigo Ranch relates a 
mythical story about a tape dubber in a big 
complex, who called maintenance and reported 
getting a reading from his meters, but failed to 
get any sound from the monitors. When the 
maintenance engineer opened the door, he was 
knocked over by 10 kHz at an incredible sound 
pressure level. After he dove for the control to 
lower the volume, the tape dubber just sat there 
trying to explain that something was wrong; he 
couldn't hear any sound. 

Headphone cue systems are another sore 
spot between studio people and those artists 
"who must feel the mix." There are artists and 
singers who will sit through pops, buzzes, and 
even the absence of sound in one side of the 
phones, while others will complain about 
anything and everything. 

Jerry Jensen: AUTOMATIC DOLBY MODE SELECTION FOR 
AMPEX ATR -100 MASTERING MACHINES 

A common inconvenience that can turn 
into a minor disaster for owners of an 
Ampex ATR -100 is the necessity to operate 
the machine and Dolbys separately. This 
modification by Capitol Records' engineer 

Mitch Tanenbaum is for an automatic Dolby 
trip modification. The diagram refers to ATR 
schematic #4840421D, input /output PWA. 
Starred components are existing. Lift "pin 4" 
on "J3" from ground and attach to new 
circuit. 
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The capability to drive six pairs of cans at ear- 
splitting volume and then 60 pairs at a 
comfortable orchestra -section level has always 
been a puzzler. The power requirements are so 
different. The Automatt has a relatively high 
voltage system (70 volts). Each artist is provided 
with a four- channel mixing box, and can select 
and regulate the volume of whatever instrument 
mix is most important to them at the time. A 
guitar player may choose a stereo mix of the 
whole rhythm section. The bass player may 
want the same mix, but will also boost the kick 
drum on channel three and his bass on channel 
four. There are four separate amplifiers - one 
for each channel - and each mixing box 
receives the same four channels. The artist has 
control over how the channels are mixed for his 
own headset. The only danger is blowing out 
headphones. 

Headphones can be destroyed if they are 
connected directly to the amplifier output. Most 
maintenance people install a high- wattage series 
resistor in the line to reduce the voltage to the 
phones, and to protect the amp from 
momentary dead shorts when cans are plugged 
in. 

Jeff Hanson from Santa Barbara Sound has 
come to the conclusion that amp clipping is 
what damages headphones. "Headphones can 
take a 150 -watt peak, but not a 50 -watt peak 
that's clipped. Clipping produces continuous 
high order harmonics, and the resultant heating 
effect burns out the phones." S.B.S. has four 
150 -watt stereo amps to drive the cue system. 

Locating headphone jacks on the walls is not 
the most efficient means of signal distribution, 
since no musician stands next to the wall. Any 
other positioning of artists necessitates 
employing long cords or extensions. Jeff put a 
multi -pin connector on the wall, and built 
several boxes that can handle eight sets of 
phones -a set of two stereo outputs for each of 
the four cue sends per box. Protection 
resistance, of about 10 ohms, is placed in series 
with each output, as well as another 10 -ohm 
switchable resistor to ground. At a flick of a 
switch the output level can be dropped by about 
6 dB. "That keeps most people happy. To insure 
that the 5 -watt resistors don't burn out, I've 
epoxied them to the side of the box. It acts as a 
heat sink; they do get pretty warm sometimes." 
Their cans are 150 ohms, but the principle 
applies for any impedance. 

The multi -pin on the wall gets the full power of 
the amps. There is no series resistance between 
the amps and the wall. "If a guy brings in a 
favorite set of speakers, we have a connector 
that will interface them with the multi -connector 
on the wall," Jeff says. "This eliminates any 
series resistance between the amp and 
speakers, which would cause muddiness in the 
bass range. 

Clients' tastes in headphones are as varied as 
the number of available choices. Some like open 
air design, because they want to hear what's 
going on around them as well as the cue send. 
That design is also a favorite of vocalists who 
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don't like the heavy feeling that closed phones 
cause after a couple of hours of doing overdubs. 
On the other hand, the isolation provided by 
such a full cup is often necessary. 

Indigo Ranch prefers Koss Pro 4AA. "Even if 
they fall apart physically, you can cannabalize 
some to fix others," Bart Johnson says. Capitol 
uses Pioneer SE 305s amongst others, 

according to Jerry Jensen, because they're 
"easy to fix, they get a lot of volume, and they 
have a lot of phoney bottom end." The 
Automatt has Beyer and AKG. Sound Labs 
likes Koss Pro EE for "their ability to produce a 

lot of level with no leakage." Santa Barbara 
Sound chose Yamaha. "Mechanically they're 
kind of fragile," Jeff Hanson feels. "The 
headband goes flaky on you, but they sound 
great. The drivers are very, very rugged. If one 
blows out, you just pop the old one out and snap 
in a new one." 

Cords don't seem to present a problem. Bart 
Johnson will sometimes open the phones, and 
attach a proper strain relief device inside the 
headset. Jeff Hanson recommends winding 
tangled coil cords around a broom handle about 
once a week to restore their shape. 

One Step Back 
The audio industry is the only industry that 

still uses tubes to a large extent. How long that 
will last, no one is quite sure. The general 
concensus is that well -built tube, solid- state, 
and transistor gear will probably always exist 
side by side. 

A lot of the attraction of tube equipment 
comes from the soft overload characteristics 
that tube circuits have, and the prominence of 
even -order harmonic distortion. Transistor 
circuitry tends to have a harder clipping point 
and more odd order harmonic distortion. Jerry 
Jensen feels that "a lot of the time, when people 
are talking about tube sound, they're actually 
talking about the coloring of the old 
transformers. Tube gear is forgiving. Nine out of 
ten times it will not destroy itself." 

Peter Butt: TIGHTER PUNCH -IN PERFORMANCE FOR AMPEX MM -1200 MULTITRACKS 

Applicability: Ampex MM -1200 switcher 
card part number: 4050774. 

Purpose: Reduce time required for entry 
and exit record function. 

Warning: This modification may produce 
objectionable punch -in "thumps" if 
installation is not concurrent with proper 
termination of the reproducer preamp input 
transformer secondary. (See termination 
details in "Flatter Is Fatter - Magnetic 
Reproducer Equalization Accuracy," Peter 
Butt, R -e /p, October 1978, Volume 9, 
Number 5, p. 84.) 
Deletions: 

C7, C4, C6, and C3. 

Changes: 
C2 was 20 mfd to be 1.5 mfd ±5%, 50 VDC 

(Kemet T110B125M050AS or equivalent, 
and install with strain relief for leads). 

C13 was 6.8 mfd to be 2.2 mfd ±20% 35 
VDC. 

C10 was 6.8 mfd to be 3.3 mfd ±20% 35 
VDC. 

Additions: 
Add diode, with anode to collector of 03, 
cathode to collector of 06. (Use 1N4148, 

etc.) Add 27 kilohm 1 -watt resistor in 
parallel with R11 for termination of line input 
transformer, if used. 

This modification reduces the time 
required for 90% bias level to about 50 
msec., from the stock time of about 180 
msec. If the reproducer preamp is properly 
terminated, the punch -in /out thumps will be 
less in amplitude than for the stock 
configuration. This mod may be already 
partially installed in newer models of the 
MM -1200. Check your switcher card 
assembly as delivered. 

Shaded areas indicate component changes. 
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The Automatt's Mike Fuson, has found that if 
tube equipment heats up, it'll blow the fuse and 
not the amp. Solid -state gear tends to burn out 
transistors, and requires more time to repair 
than just popping in a new tube or two. 

Jeff Hanson likes the sound of tube 
equipment, too, and was quick to point out that 
tubes don't necessarily have to run at high 
voltages; microphone pre -amp tubes can 
operate on fifty volts. "Most of the good tubes 
are produced in Europe, except for 
military /industrial types. There are still 
applications in industrial use where transistors 
haven't taken over. In many cases it's in high 
reliability situations." 

Even though tubes are hot, bulky, heavy, and 
use relatively high voltage, the unanimous 
opinion is that the next five years will bring a 
proliferation of new tube processing gear, tube 
pre -amps, and tube microphones. 

Peter Butt from Heider's feels that phantom 
microphone powering would be better 
abandoned. He suggests using a 5 -pin 
microphone connector, thereby eliminating the 
need for phantom power. Connect one pin to 
the shield, use two for signal conductors, and 
the remaining two for plus and minus going to 
the power supply for the mike. In that way the 
DC never gets united with the audio. 
"Unfortunately, I've never seen anyone do it. 
Phantom microphone powering is, at best, a 

compromise." 
Sound Labs has a phantom power switch on 

their microphone wall boxes. It helps prevent 
putting 48 volts into a dynamic mike by mistake. 
John Sands also recommends separate power 
lines. If a mike transformer accidentally receives 
phantom power, it becomes magnetized, 
distorts, and then can't be demagnetized. All it 
takes is one DC transient between pin one and 
pins two and three. "We've done subjective 
tests on dynamic microphones that have been 
phantom powered and those that have not; they 
just don't sound the same. Phantom powering is 
not supposed to hurt the mike, but I have a 
feeling it overworks the capsule. As far as I 

know, all our dynamic mikes are still virgins." 
Jerry Jensen adds that "any little surge of DC 

through a dynamic mike will hurt the 
transformer. The mike will never be the same 
and neither will the mike input channel." Peter 
Butt also had a problem "with the multi -pin DIN 
connector used on the AKG C -5 between the 
mike and the power supply, when the original 
connectors were replaced due to damage. They 
were replaced with Amphenols,which are 
mechanically identical. However, it turned out 
that there was an insulating contact potential on 
the pin used for the shield, such that the latter 
was floating. Since there was no voltage on the 
shield to override the contact potential, the 
shield remained floated. The problem can be 
solved by changing the shield pin or the entire 
connector. 

"It showed up when I measured it on the low - 

voltage ohms function of a digital multi- meter, 
as opposed to the high -voltage ohms position. A 
lot of DVMs have a low -potential ohm reading 
capability so that the semiconductor junctions 
will not be forward biased by the meter. It 

SURVIVAL KIT 
The Crown Real Time Analyzer (RTA -2) can help 
you stay ahead of the competition. It will show you 
what's wrong with frequency response in studios, 
control rooms, circuits or equipment. You'll know 
exactly where to start to improve signal quality. 

The RTA -2 is yours free, 
for thirty days. 

Its easy to use, rugged and self- contained. 60dB 
dynamic range. Five -inch CRT. Complete with high - 
quality microphone. If it doesn't help, send it back. 
No obligation. 
Call Dennis Badke at 219/294 -5571 for the details. 

crown 
1718 W. Mishawaka Rd., Elkhart, IN 46517. 

Innovation. High technology American. That's Crown. 
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turned out I was reading an open circuit using 
the low position, and a short for the high 
position. There has to be something like a half -a- 
volt potential for a low resistance between the 
shield pin of the Amphenol connector. It's a very 
subtle difference." 

Richard Kaplan, of Indigo Ranch, is an avid 
collector of vintage microphones, which 
presents a unique problem for Bart Johnson. 
He gets handed an incredible stash of unusual 
power supplies every week. "Richard buys 
mikes from all over the world, and they use the 
wierdest sort of connectors you've ever seen." 
Replacing cable for the mikes is not any trouble, 
but connectors are hard to find. Bart re- adapts 
the connections at the power supply using 
Amphenol MS series connectors. 

Neumann mike cable is generally considered 
very high in quality, but in many cases it's too 
thin and fragile if heavy equipment (i.e., grand 
piano) or hard floors are present. "Run over it a 
few times and it will short out," says Jerry 
Jensen. Capitol Records chose a heavier gauge 
cable made by Pro Sound. "We'd use Belden, 
except that Pro Sound is color -coded; red 
cables are long, blue are medium, and white 
means short cables." 

S.B.S. likes Audio Industries cable. "It's 
similar to Neumann, but has got a little stiffer 
jacket; it's more abrasion resistant." Al cables 
are triple woven shield and contain three inner 
conductors. "It's tougher, yet quite flexible," 
offers Jeff Hanson. 

Connections 
And Multi -Pin Connectors 

Elco multi- connectors are good, but very 
delicate. If they're dropped from about waist 
height on to any hard surfaced floor, the plastic 
contact blocks tend to crack and break. In low 
mate /un -mate situations, such as inside a piece 
of equipment, Elco are excellent. They have a 
pin density of up to 120 per connector. Wally 
Heider Studios has 60 -mil steel bands made at a 
machine shop that wrap around the connector 
in such a way that the steel covers the plastic, 
and takes the impact. 

Sound Labs chose North connectors. "I 
won't say they're indestructable," John Sands 
claims, "but they're close. They are mostly 
metal shells, don't have as many pins, and have 
to be soldered instead of crimped." 

Peter Butt adds that he's discovered a 
generation of semi -dry crimps in the Elcó s. 
After a long period of time they tend to open up. 
"The remedy I've found is to refract the pin, 
solder it with a micro -soldering iron, and then 
reinsert it. Crimping onto insulation takes a long 
time to trace down." 

Jeff Hanson, on the other hand, is totally in 
favor of crimping over solder. He prefers using 
Amp (not Amphenol) multi -connectors, which 
offer a pin density of up to 160 pins. Amp has a 
metal pin hood and back shell with a non- 
conductive material holding the pins. A T -screw 
in the center enables it to be completely undone 
by hand in a matter of seconds. Unfortunatley, 
Amp sells only through their own factory 
distributors. There is very often a wait when it 
comes to ordering. 

All connections for Amp arc .:rimy. You must 
have the factory crimping tools (about $150) to 
obtain tight crimps which, as Jeff feels, are 
actually "more reliable than solder." The 
process can be done by a totally unskilled 
person. Tinned wire becomes a weak link where 
it comes out of the pin, and the time it takes to 
crimp is much less than solder or wire wrap. 
Factory tools are foolproof; they will not release 
until a certified crimp is made. Ring, tip and 
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shield can be crimped in a matter of twenty 
seconds. 

When re- programming a patch bay to add 
another piece of outboard gear, multi - 

connectors can save a lot of time. "You can 
knock all the pins out of a connector in less than 
five minutes," Jeff Hanson offered. "As long as 
the pins are properly coded, re- positioning them 
back into the multi -connector to incorporate 
the new equipment takes a minimum of time. 
One client brought in a rack of Kepex gates that 
required eight in, eight out, and eight key patch 
points. It took less than a half -an -hour to install 
by crimping, and would have taken hours to 
solder ring, tip, and sleeve." 

Jeff figured that it took about 10,000 crimps to 
wire Santa Barbara Sound, and out of those two 
were bad. He attributes these to a plastic stop in 
the crimping tool that started to wear out after 
about 8,000 or 9,000 crimps. Debugging the 
wiring took about a half -a -day. 

Automation 
Automation is becoming more and more 

common in the industry. Sound Labs boasts a 

Neve board and Necam computer, as does 
Capitol and Wally Heider. Amazingly enough, 
very few problems have been encountered with 
such a complex system. 

Trouble -shooting a microprocessor is time 
consuming. The only logical solution to 
malfunction during a session is to replace whole 
sub -assemblies. Spare faders are usually kept 
on hand by studios, and if one goes out, the 
whole sub -assembly can be replaced within a 

matter of minutes. However, at about $860 a 

fader, that can be an expensive proposition. 
It's almost cost prohibitive to stock all the 

parts needed for quck repair. Neve/Necam has 
an office in Los Angeles that carries a large 
inventory of parts, and so far everyone is very 
pleased with the service. 

Capitol feels the software could be better, but 
Neve is not willing to make the changes. Jerry 
Jensen has "the background to do software 
changes, but it's not practical without access to 
the software they [Neve] have already done. To 
start from scratch would be possible, but how 
much better it would be in the end wouldn't be 
worth the investment in time and money. If 
they'd give us a listing of what the software is 
right now, we would be happy to make the 
changes for them. But they won't even do that." 

Peter Butt noted that "with ROM [Read Only 
Memory], you don't really know if you have a 
malfunctioning chip, or if there is something 
wrong with the microprocessor. Sometimes a 

transition is just a bit late or a bit early. That 
could blow the whole thing." 

Mike Fusaro thinks the industry is reaching 
the limit of analog recording; the next step has 
got to be digital. "The market is such that the 
only option left for the audiophile or anyone else 
who wants record quality is direct -to -disc 
recordings. They offer the transient response 
and clarity that people want. In order to 
preserve the versatility of multi -track recording 
and the flexibility of overdubbing, digital is the 
only alternative." 

But all agree that digital is still a product of the 
future as far as being commonplace. The 
Automatt has done several digital sessions, and 
is checking out the- feasibility of purchasing a 
digital machine. However, Mike Fusaro stresses 
that the studio is still cautious about buying into 
the vanguard of a non -standard medium. 
Stanford University, Palo Alto, California, 
already has a digital recording studio that can 
store thirty to forty minutes of program material 
on disk drive rather than computer tape. EQ 

and all other parameters are typed into the 
computer. "In the near future there'll be no 
reason for large numbers of volume controls 
and EQ setups. They'll all be stored and 
processed. When the program is played back, 
all the processing is recalled by the computer for 
the full mix. The point I'm making is that there 
will be a lot of changes coming very fast in the 
next few years." Why buy new equipment that 
may soon be obsolete? "I think it's wise to wait 
and see what kind of technology will become 
standard." 

Can't We Get Some Air 
Another point raised was how important 

rumble -free, quiet air conditioning was when 
recording digitally. Compressor /blower 
preformance becomes more critical when the 
recording machine is flat to such a low 
frequency. 

One client wants an environment where there 
is 96 degree heat, steam , and no light. The next 
client who comes in can't play the piano unless 
it's 65 degrees, and he wants lots of light. 
According to John Sands, Sound Labs has "an 
adequate system. We can make it as hot or as 
cold as we like. The staff has the keys to the 
thermostat, and within reason we will change 
the temperature in a short amount of time." 

Because of the Necam computer's sensitivity 
to heat, Sound Labs installed a failsafe device to 
cut power to it in case its temperature gets too 
high. If the computer overheats, it suffers 
serious, expensive damage. 

S.B.S. went overkill on their air conditioning 
system. They purchased three big units - one 
each for the control room, the studio, and the 
offices. "We don't have sensitive equipment, 
nor do we have to maintain a range. We don't 

lock the thermostat. If somebody throws a 

lever, in five minutes they're going to get what 
they dialed." The control room is cooled by a 

one -and- one -half ton air conditioner in order to 
cool the room sufficiently, even when it's 
occupied by a number of people. The use of an 
electrostatic air filter extends the comfort range 
and they use very little recirculated air. 

John Sands made a remarkable discovery 
while working for KPLM -TV. Once their 
electrostatic air cleaner was operational, the 
head life on their video tape recorder improved 
about 100%. They were getting about seventy - 
five hours of head life on an RCA TR22 HB video 
machine. After that the heads would have to be 
pulled off, shipped to England, and then re- 
installed about two or three weeks later at a cost 
of about $3,600. Soon after the air cleaner was in 
service, the head life increased to four hundred 
hours. The next head ran over one thousand 
hours, and received an award from RCA. 

Toward The Future 
With the advent of computers, microproces- 

sors, digital recording, and such, the future will 
impose many new demands on the maintenance 
engineers. The person who sweeps floors 
during the day and learns how to run and 
maintain the equipment at night will become a 

phenomenon of the past. New engineers will be 
forced to obtain degrees in computers, 
electronics, or both, as well as having an 
extensive background in acoustics and other 
recording -related fields. But with all the 
required technical expertise there is one 
requirement that can't be learned or measured, 
and without which all the rest is a useless 
exercise in high -level, busy work: you can't 
teach someone to be dedicated! 

At Last!!! 
A Hot Pressed, Glass Bonded SAKI Ferrite Playback Head 

For Your ATR -100 
Ferrite Heads Available for Most Professional Recorders 

f 

1 I 

SAKI MAGNETICS INCORPORATED 
(A C.AIJonw Cotpwtiont 

5770 Uplander Way Culver City, California 90230 (213) 649 -5983 
Fox Hills Industrial Center 
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3M 79 SERIES 
Tape IRAachMea 

The 3M Brand M79 Series tape machines 
were unveiled in 1972. Since that time they have 
become one of the most popular multitrack 
recorder /reproducers in use. Many artists, 
mixers, and studios have chosen the M79 as 
"their" machine. With so many M79s out in the 
field, it is inevitable that many updates, 
modifications, and changes have been 
performed, both by 3M, and by studio users. 
Some changes were made to correct design 
problems, some to take advantage of current 
technology, and other to satisfy the needs of 
individual studios. 

After spending a summer repairing, installing, 
and maintaining 79s, I became curious to find 
out what changes have been, and could be made 
to improve their performance. Since my 
knowledge about the M79 was somewhat 
limited, I decided to become the "editor" and 
gather information and comments from some of 
the most creative studio people within the 
industry. The following is just some of the 
information I gathered through telephone and 
personal interviews. 

I would warn the reader to use this 
information as a basis for their own study, rather 
than as a precise "how to" guide. While I have 
obviously tried to be as accurate as possible, 
each installation has its own peculiar "quirks" 
that can cause problems. Incorporate only 
those changes that help your ease of operation 
and sound; avoid changes that just look good on 
oscilloscopes. 

Don't modify your machine if your best client 
likes to use a stock M79. Good mixers 
understand how to use the limitations of a piece 
of equipment, and adjust accordingly. Don't ruin 
their reference point because you might think it 
sounds better; "better" also means different and 
can upset some people. A client might want to 
bring in for mixing tapes recorded on a 79 at 
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by Gordon K. Kapes 
another studio. Will your M79 still "sound" the 
same? So please be careful about major changes 
without getting feedback from studio users. 
Stock machines sound very good; updated and 
carefully aligned 79s can sound excellent - as 
good as any machine on the market today I am 
told, a claim I tend to believe. 

Service Bulletins 
Do you as a 79 owner have a complete set of 

Service Bulletins published by 3M? As of May 
1980 34 had been published. They are very 
useful, interesting, and important for you to 
have. To obtain a complete set of Service 
Bulletins, or to update your set, write to: 
Mincom Tech Service, Building 236 -GN, 3M 
Center, St. Paul, Minnesota 55144.3M does not 
have a mailing list of all 79 owners; if you do not 
ask for this information you will not receive it. 
Many of the changes described in these Service 

Bulletins were incorporated in later batches of 
production machines. As a result, if you have a 
later machine (after about 1974) most of the 
changes have been included in your machine. If 
you have early 79, however, careful study of the 
Service Bulletins may prove valuable. 

There are also topics discussed in the Service 
Bulletins that cover user -installed special 
functions. Highlights of the Service Bulletins 
include: No. 5A reading SMPTE code; No. 11 

and 17 Dolby interfacing; No. 32 minimizing 
chance of servo-driver transistor failure; No. 25 
keeping a channel in the input monitor mode 
after that channel has gone out of record (an 
excellent modification); and No. 34 punch into 
record by pressing only the record button and 
punch out of record by pressing the play button. 
(Be careful of Bulletin No. 15; many people think 
the addition of C61 to the signal electronics card 
is, quoting an engineer, "evil." I discuss this 
further in the section on op- amps.) 

There is some additional "unauthorized" 
technical information available indirectly from 
3M. It seems that an in -house service booklet 
was put together for the 3M service people. 
Called "Problems, Symptoms, and Cures," this 
booklet is quite helpful in servicing M79 
machines. Although these loose -leaf pages are 
not available from 3M, I know that some studios 
have somehow obtained copies. If you ask 
around you might be able to find a copy from 
which to make your own. It is definitely 
worthwhile doing so. 

Changing Components 
Although 3M makes use of high -quality 

components, those of you who are picky about 
adjustments staying constant might consider 
changing some of the M79's capacitors. Such 
modifications involve replacing existing 
capacitors with silver -mica or polycarbonate 
film types of the same value. Silver -mica 
capacitors are notable for their excellent 
temperature stability; the components listed 
below are to be found in frequency- dependent 
circuit areas of the M79's electronics. 
(Temperature stability of silver -mica type would 
translate to frequency stability of tuned 
circuits.) In the master bias oscillator section of 
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You're on stage to make music, 
not noise. But most microphones 

will respond to everything that hits them. 
Including noise coming through the 
mike stand. Except these new ATM 
microphone systems. Because each of 
these specially- designed instrument mikes 
includes a very effective shock mount 
and a windscreen. 

Even if you're on a "bouncy" 
stage, you needn't tiptoe when an ATM 
microphone system is at work. 
Distracting noises are reduced. .. not 
amplified. Including floor resonances 
from speakers nearby. Or the clunks 
when you raise or lower the mike. All 
the audience hears is your chops. 

But a great microphone system is 
not just a shock mount or a piece of 
foam. At the heart of our systems are 

three superb studio -quality microphones: 
a unidirectional dynamic, a unidirectional 
condenser and an omni condenser. Road 
tough? Of course. But with response 
specially tailored with uncanny accuracy 
for instrument reproduction. 

With these ATM microphones a 
trumpet is bright, not strident. Trombone 
is dark but not murky. Reeds are full 
but not thick. And drums are crisp and 
clean, not fuzzy or thumpy. For two 
important reasons. 

First, frequency response is smooth 
and peak -free and extends well beyond 
the limits of your instrument. So the 
balance between overtones and funda- 
mental isn't distorted. And one part of 
your range isn't favored over another. 

Second, and equally important is 
our wide dynamic range. .. designed 

to capture and amplify all of yours. 
It's almost impossible to overblow our 
ATM dynamic, for instance. And our 
electrets will handle up to 130 dB with 
ease. So your fff crescendo won't come 
out just ff. 

Great sound and no distractions. 
The best possible way to start your 
sound system working for you. ATM 
Instrument Microphone Systems are 
waiting for you at leading pro music 
dealers everywhere. Kick up your heels! 
AUDIO -TECHNICA U.S., INC., 
1221 Commerce Drive, Dept. 120RE, 
Stow, Ohio 44224. In Canada: Audio 
Specialists, Inc.. Montreal, I'.Q. 

audho-technica 
Great sound right from the start, 

Model ATM1OSM 
Omnidirectional 
FixedCharge 
Condenser Model ATM1ISM 

Unidirectional 
Fixed'Charge 
Condenser 

Model ATM21SM 
Unidirectional 
Moving Coil 
Dynamic 
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All systems include 
microphone, stand mount. 

shock mount, foam windscreen, 
and carrying case. 
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the logic and master bias supply card, C22, C23, 
and C26 could be changed to maintain a 

constant bias frequency. On the bias section of 
the signal electronics cards, C 16, C25, C28, and 
C51 might also be updated. Silver -mica 
capacitors would help to keep bias levels 
temperature indepedent. As an option, consider 
changing the following capacitors on the signal 
electronics cards: C5, C23, C39, C40, C41, C42, 
C45, C46, C47, C48, and C56. The majority of 
these parts are in the record and playback 
equalization circuits; changing them to silver - 
mica or polycarbonate type would help to keep 
the EQ adjustments more stable. 

It may turn out to be more prudent to think 
about changing all these capacitors, rather than 
actually doing it. A 24 track 79 would need 363 
capacitors if all the recommended changes were 
performed! (Peter Butt, R -e /p's consultant 
editor, suggests that the interested reader 
obtains a copy of the following article, which 
covers in great detail the selection of capacitors 
for specific applications: Picking Capacitors, by 
Walter G. Jung and Richard Marsh, Audio, 
February 1980 issue, Vol. 64, No. 2, page 52.1 

FETs 
Some studio people are opposed to using an 

M79 because of the large number of FETs to be 
found within the signal electronics. They feel 

M79 LOGIC ANOMALIES 
by Peter Butt 

The M79 transport control logic uses a 
number of discrete bistable circuits to 
remember momentary logic commands 
from the deck's pushbuttons. These flip - 
flops have the dual function of acting as 
drivers for the 387 lamps housed within 
those pushbuttons, which indicate the deck 
logic status at any given time. Incandescent 
lamps, unfortunately, do fail from time -to- 
time, which is not surprising in itself. In 
general, incandescent lamps have two 
different catastrophic failure modes: 
electrical open and electrical short. In the 
case of a normally occurring burn -out, 
where the lamp filament merely opens, the 
result is fairly inconsequential in that only 
the lamp illumination is lost; there will be no 
effect on the operation of the logic flip -flop. 

On the rarer occasion of a lamp failing as a 
short circuit, the matter becomes a bit more 
troublesome. Because the lamps are driven 
directly by the flip -flops, and not through a 
buffering circuit, a shorted lamp effectively 
ties one collector of a flip -flop pair directly to 
the +28 V line -a fault that prevents the flip - 
flop from resetting, and holds the deck in 
that particular logic state. This can be a 
disaster if a valuable master tape is being 
played on the machine, and deck functions, 
including record, become uncontrollable. 

A solution to the problem is to install a 
150-ohm, or similar value resistor having a /- 
watt dissipation rating in series with each of 
the pushbutton indicator lamp lines. In the 
event of a shorted indicator lamp, the flip - 
flop will still be able to reset, although the 
added resistor may get a little hot if it is not 
reset within a short periof of time. The 
alternative is, however, better than 
complete loss of control. The added 
resistance in the lamp circuit will result in 
reduced brilliance, but should also prolong 
lamp life by reducing the applied voltage by 
about 10%. 
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that FETs add unacceptable amounts of 
harmonic distortion. Each to their own opinions 
but, like it or not, FETs are an integral part of the 
79's electronic design. FETs that are in a 
position to cause the most harmonic distortion 
are Q10, Q11, Q34, and Q35, all of which are 
2N4343s. The amount of distortion produced by 
a 2N4343 appears to be related to its drain - 
source on- resistance, specified at 700 ohms. In 
practice, however, the majority of 2N4343s used 
in the M79 have a much lower drain - source 
resistance than this - which is a good thing. 
Those 2N4343s with higher than average drain - 
source resistance might well be replaced. 

An alternative test is to check each output 
mode - input, sync, and repro - on all 
channels for harmonic distortion. Try changing 
the FETs in the mode with worse than average 
harmonic distortion. (Record and reproduce 
head can be excited with a flux loop; please refer 
to Peter Butt's article, A Fuss About Plus, R -e /p, 
December 1979, page 66.) One major studio 
found it helpful to change Q10, Q11, Q34, and 
Q35 from 2N4343s to Siliconix PI086s. The 
P1086 has a lower drain -source resistance of 70 
ohms. 

Operational Amplifiers 
Of all components in an M79's signal path, the 

one that causes most grumbling is the 741 type 
op -amps used in the record and playback 
sections of the signal- electronics card. At the 
time the M79 was designed, a 741 was a good 
choice. Progress moves on, however, and is 
especially evident in the variety of excellent op- 
amps now available that directly replace, pin for 
pin, the ubiquitous 741. IC4 in the line- driver 
stage may be the first op -amp to be replaced. An 
improved slew rate may help this stage to better 
handle the large voltage swings required of it. 
IC3 in the record amplifier stage may also 
benefit from improved op-amp performance. 

Everyone seems to have their favorite 
replacement op -amp, so I'll list all the main 
choices. A very good, garden variety op -amp is 
the LF351, commonly made by National 

24 

Semiconductor and priced around 75¢ in small 
quantities. Even better, and in the same family, 
is the LF356. This has similar characteristics and 
improved 'noise specs, but the price doubles to 
around $1.50. Texas Instruments' TLO family 
offers two chips that are quite good as 
replacements in this application: the TL081 and 
the low -noise TL071 (the latter costs around 
$1.00). 

If such a thing is possible, the Signetics 
NE5534A is really too good an op -amp for this 
application; too good in the sense that some of 
its outstanding features are not needed. 
However, it is still a good choice if the cost 
(around $2.50 each) does not bother you. The 
5534A is the guaranteed low -noise version of the 
5534, and is preferable. 

Using LF351, LF356, TL071/81 op -amps is 

really quite easy. Remove the offending 741, and 
add a power supply by -pass capacitor between 
pins 6 and 11 of the IC socket. (A ceramic disc 
capacitor in the neighborhood of 0.1 mfd should 
insure that power to the op-amp is clean.) Now 
insert a new op-amp into the socket, being 
careful of the pin numbering. The 741 is a 14 -pin 
chip, while the replacements are all 8 -pin 
devices: match pin 1 of the replacement with pin 
3 of the socket and you should be correct. (Also 
see the section of this article that describes IAM 
Studios, Irvine, California. IAM needed some 
parts changes in the record amplifier for 
successful use of the LF351.) 

The 5534A, on the other hand, takes a bit 
more work to use, a situation that might stop 
some of you from using it (Figure 1). Remove the 
741 and add a power supply by -pass capacitor as 
before. Compensate the op -amp by adding a 22 
pf capacitor between pins 9 and 12 of the socket 
(which will result in the capacitor being 
connected across op -amp pins 5 and 8). This 
reduces the slew -rate, but adds greatly to the 
stability of the op -amp. Also, to improve 
stability, you might want to add a 50 -ohm 
resistor in series with the output of the 5534A, 
socket pin 10 (op -amp pin 6). You will have to 
cut the printed-circuit board trace and solder 

C31 
4 7 
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22 K 

C8 
33 IN' 

R26 15 K 

24 KL r72 
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CA 
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Figure 1: Line Driver schematic for Signetics NE5534N modification. Capacitors C 
C,., and C. should be silver -mica types, and C,. a high -quality tantalum. Resistors R 
R have been added for load isolation; R,, is more necessary if this circuit is to be used 
in machines where output transformers have been removed, to protect the line driver 
from damage due to inadvertant shorting of the output line. Capacitor C may be 
deleted for TL071 P or LF351 op -amps. Bandwidth of the resultant circuit should 

extend to approximately 100 kHz. 
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VALLEY PEOPLE, INC. 
.1 merger of Ali Iu)S RESEARCH K VALLEY Al 1)111 

P.O. Box 40306/2820 Erica Place 
Nashville, Tennessee 37204 

615 -383 -4737 
TFI.EX 5586111 VAL PEOPLE SAS 

Now...a limiter /compressor 
and ducker that understands 

MUSIC 

Strong words'' We're prepared to back them up. Just listen 
to GAIN BRAIN II and you'll agree it's the only real advance- 
ment in dynamics control in nearly a decade. 

GAIN BRAIN II is fundamentally different from any other 
limiter /compressor device, including our own Allison GAIN 
BRAIN I. The others struggle along with Peak and RMS detec- 
tion methods that squash and flatten the life out of music, as if 
it were a laboratory test signal. GAIN BRAIN II treats music 
waveforms with greater respect and understanding. It does this 
by means of exclusive circuitry: Linear Integration Detection, 
Log Domain Processing, Peak Reversion Detector Correction, 
and the most transparent VCA ever created by man - namely our 
own EGC 101. 

Sure, these are new words; we invented them. Just like we 
invented the technology that goes with them. Audibly effective 
technology that allows GAIN BRAIN II to solve the great 
limiter paradox: tight control vs. musical integrity. 

GAIN BRAIN II can give you the flattest VU meter output 
of any limiter /compressor device in existence, while maintain- 
ing an unheard of degree of integrity to the subtle dynamics of 
music and speech. And it's a ducker, too. 

And the GAIN BRAIN II phenomenon is just the begin- 
ning. Get your copy of our GAIN BRAIN II literature package. 
Once you've read it, you'll understand the full implications of 
our new technology. Better yet, get yourself a GAIN BRAIN 
II. Your ears will tell you all you need to know. 

keyr . t t 

KEPEX H Our original KEPEX* is credited as the most successful 
signal processing device of the 70's. We're flattered by the imitators 
who widely advertise claims that they have "improved" on our design. 

One fact remains: More studios buy KEPEX than all of the imi- 
tations combined, yet we seldom advertise the equipment. Does that tell 
you anything? 

There does, however. exist a genuine "improved KEPEX". It's 
not a copy though, it's an original in its own right. We call it KEPEX 
III. New technology from the ground up. New capabilities for the 80's: 
new controls, new functions, and best of all, dramatic new levels of 
audio transparency thanks to our EGC 101 VCA. 

Today, more people buy KEPEX If than all of the others. Find out 
why this is true. 

Travelling Goodies New for the 80's ... the TR -804 Processing package. It holds 
KEPEX 11 ", GAIN BRAIN II, and the host of unique processing equipment 11,m 

under development at VALLEY PEOPLE. TR -804 
combines all of the advantages of a portable 
"goodie box" for the freelance engineer/ 
producer, with the benefits of multiple de- 
vice rack mounting for the serious studio. 
Ample connections and powering assure 
its ability to accept future products. 
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the resistor onto the cut. Be certain this resistor 
gets installed between the output pin of the 
5534A and ALL the rest of the circuit. 

Like the other op -amps mentioned, a 5534A is 

excellent but requires correct usage. Do not try 
to fudge and skip the by -pass capacitor, 
compensation capacitor, and possibly the series 
resistor. Many components get a bad reputation 
because they are not used correctly. 

One benefit of replacing the line- driver 741 is 
the possibility of eliminating capacitor C61. 3M 
Service Bulletin No. 15, October 1974, shows 
the addition of C61, a 0.001 mfd capacitor 
connected between the output pin of the 741 
(IC4) and ground, to prevent high frequency 
oscillation. (This change was incorporated into 
all M79 production models after the Service 
Bulletin was released.) Such a "fix" was easy for 
3M but is of questionable engineering practice. 
Capacitive loading on the output of an op -amp is 

not a standard method of achieving stability; 
when the replacement op -amps are correctly 
installed stability should not be a problem. 
Consequently, C61 could very well not be 
required. 

Transformers 
The M79's input and output transformers 

have been the subject of considerable 
disagreement; some people like them and some 
don't. One view held is that the transformers are 
of very good quality and do not degrade the 
signal by any appreciable amount. If you 
subscribe to this view then leave the 
transformers intact and tackle some other area 
of the 79. Nevertheless, there are some good 
reasons for removing these components. 
Transformers solve at least as many problems 
as they create: impedance matching, rejecting 
common -mode signals, and curing grounding 

HOLD IT. 

HOLD 

HOLDS. 

WEIGHS: 
SET -UP TIME 
ADAPTERS 

100 LBS 

9 LBS 

2 MIN. 

3 TYPES 

P.A. SPEAKER CABINETS, STAGE MONITORS, 
HORN ENCLOSURES, STUDIO MONITORS, 

BROADCAST MONITORS, STAGE LIGHTING EQUIPMENT 
ON 

STAGE FLOORS, MOUNTAIN TOPS, AUDITORIUM FLOORS, 
STUDIO FLOORS. LIVING ROOM FLOORS, 
DESERT ISLANDS, DISPLAY ROOM FLOORS 

FOR 
CONCERTS. CLUBS. WORK, CONVENTIONS, 

PERFORMANCES. PRACTICE, A.V. PRESENTATIONS, 
RECREATION, RECORDING SESSIONS 

THE ULTIMATE TRIPOD STAND FROM ULTIMATE SUPPORT SYSTEMS. 

Distributed by Poland Corp US. 2401 Saybrook Ave_ Los Angeles. CA 90040 (213) 685 -5141 
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problems are a few of their virtues, while 
increased distortion, phase shift, ringing, and 
limiting frequency response can be considered 
as drawbacks. Retaining or removing the 
transformers on an M79 comes down to a 

decision based on your use of the machine, your 
location (studio or remote), the equipment 
connected to the recorder, and tendency of 
your location to suffer from induced hums, 
buzzes, etc. 

M79 input transformers are an option from 
3M, even though most machines in the field have 
them fitted already. The transformer's input 
impedance is 20 kohm with a 3:1 step -down 
ratio, resulting in a voltage attenuation of 10 dB 
to the input of the signal electronics. With the 
transformer removed, the input impedance is 

2.5 kohm, single -ended (unbalanced), which can 
cause some problems. Certain equipment does 
not like to feed an input impedance as low as 2.5 
kohm; so make certain that your console, noise 
reduction equipment, etc., can handle it. Also, if 
you parallel the inputs on two 7%, the input 
impedance will obviously drop to 1.25 kohm. A 
transformerless single -ended input can make 
hum and noise a problem if your cable runs are 
very long; your cable is not of low capacitance; 
the source impedance isn't very low; your 
location is subject to longitudinal (common - 
mode) noise being induced into the signal lines 
due to the AC mains, RF, etc.; or if you suffer 
any grounding problems when connecting 
equipment together in your system. In fact, if 
you have any doubts, leave the input 
transformers in place; the slight benefits gained 
may not offset the major problems that can 
occur. 

Another slight annoyance can be created with 
input transformers removed. The 10 dB voltage 
loss is now not in the circuit. This makes 
adjusting input pots a bit trickier, because their 
sensitivity goes way up. One possible solution is 

to add a 5 kohm resistor in series with the high 
side of the input. This will reduce input 
sensitivity and raise the impedance to 7.5 kohm. 

If you wish to remove input transformers, the 
best solution is achieved by adding a differential 
input buffer stage. This can be a big pain to build 
for a 24 -track 79, but has been done 
successfully. A differential buffer stage gives you 
the benefits of removing the transformer, while 
maintaining an electrically -balanced input. Hum 
problems may still occur, however, even with 
the differential input buffer. 

Some consideration must be given before 
removing output transformers. If you need 
balanced line- outputs and electrical isolation, do 
not remove the transformers. If you do choose 
to remove the output transformers, several 
points should be noted. The output impedance 
becomes around 50 ohms, and is unbalanced. 
Such a low impedance now limits the amount of 
harmonic distortion that the bridged VU meters 
induce into the line outputs, eliminating the need 
for meter buffers. Maximum output level is also 
reduced, because the 1:2 voltage gain achieved 
by the output transformer is no longer in circuit. 

I will be honest and tell you that I have talked 
to people who removed the input transformers 
and found that, while electrically the machine 
works well, sonic improvements were not very 
significant. However, removing output 
transformers can significantly reduce VU -meter 
induced distortion. 

VU Meters 
Until recently, most people have not given 

much thought to the problems created by using 
VU meters. For all the good points a meter 
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much thought to the problems created by using 
VU meters. For all the good points a meter 
possesses, it does not monitor a signal line 
without adding signal components - harmonic 
distortion - of its own back into the signal line. 

The source of a very significant amount of 
harmonic distortion is the bridge rectifier used 
to convert an AC input signal into DC to drive 
the meter movement. The VU meter standards, 
as of 1961, require that a VU movement, when 

connected correctly, shall produce not more 
than 0.3% harmonic distortion. I assumed, 
incorrectly, that currently -manufactured VU 
meters would produce much less than specified 

... continued overleaf -- 

The main part of this article was written to 
provide a broad base of information about 
modifications that can be done to the 3M M79 
tape machine. To provide "real life information I 

spoke with Jerry Shirar, of IAM Studios, Irvine, 
California, a facility that has been very successful 
in modifying its M79 machines to improve sonic 
performance and operating ease. As Jerry told 
me, final modifications are not very complicated, 
but much lime was spent experimenting and 
listening before they were satisfied. Valuable help 
was also received from the people at Westlake 
Audio. 

It is my contention that IAM did a "rational" 
amount of modification. It didn't radically alter 
the basic "sound" of the 79; didn't spend a fortune 
on parts: and didn't have to change the machine 
into some alien form. The studio worked toward 
reducing distortion, and achieved 50 or 75% of 
the possible improvement with a reasonable 
amount of effort. A few studios have completely 
redesigned the M79's signal electronics and I 

respect them for it. However, I do not consider 
that approach to be worthwhile for the majority of 
studios. 

At IAM all potential improvements were tested 
on an M79 2- track. After the modifications were 
proven they were installed in a 24 -track machine. 
Here is the present state of their 24 -track M79: 

Input and output transformers removed - 
no hum, noise, grounding, or other problems 
were encountered. 

On the signal electronics cards, both type 
741 operational amplifiers replaced. IC4 in the 
line driver stage was swapped for a NE5534A, and 

MODIFYING 
and 

UPGRADING 
the 
M79 
at 

IAM STUDIOS 
Irvine, California 

a 0.1 mfd disc capacitor soldered across socket 
pins 6 and 11. This latter mod is to bypass the 
power supply input to the op -amp. A 100 pf 
capacitor was also soldered between socket pins 
4 and 10, to improve stability by reducing the gain 
of the op -amp at very high frequencies. A 
compensation capacitor was not added, 
however, thereby retaining the full 13 
V /microsecond slew rate of the NE5534A. C61, a 
0.001 mfd capacitor from the output of the op- 
amp to ground, was also removed (see 3M 
Service Bulletin No. 15). This capacitor was 
added to keep the 741 stable, and is hence not 
required by the NE5534A. IC3 in the record 
amplifier was replaced with an LF351. 

Low -pass filter, R132 and C56, at the input to 

the record amplifier section removed. A 47 pf 
capacitor and 330 kohm resistor were both added 
in parallel with resistor R55. This reduces the op- 
amp's gain in the higher audio frequencies to 
allow for correct record equalization adjustment. 
High-frequency EC at 15 ips is a bit tricky, but can 
be correctly adjusted if care is taken. 

In the course of normal operation several 
capacitor problems have appeared. Bias trap 
capacitor C5 on the signal electronics cards has 
often failed. IAM solved this problem by replacing 
all C5 capacitors with better quality devices. Also, 
capacitor C50 on the signal electronics cards 
have gone bad; when it does a "pop" appears on 
the tape. Changing C50 on all signal electronics 
cards was the required solution. 

IAM keeps a full set of 3M Service Bulletins and 
has updated its machines as needed. Especially 
helpful, it says, have been the modifications 
covered in Nos. 25 and 27. Correct alignment is 
carefully maintained. 

After these modifications were Complete, IAM 
compared their 79s to recorders from all of the 
major manufacturers. Listening tests were 
performed and it was decided that the 79 was 
sonically best for the studio. In general, IAM 
records at 30 ips, without noise reduction, since 
the modifications helped to eliminate the need for 
noise reduction. Eighteen months after the 
studio's 79s were modified, IAM is still satisfied 
with the results. Although IAM Studios is used 
primarilly for in -house production, recent outside 
clients include Stevie Wonder and Miles Davis. 

My thanks to Jerry Shirar for sharing this 
information. 

Have You 
Seen 

This Man? 

He goes to any ength to get the 
job done right the first time! 

He is known for designing and building the most successful 
recording facilities all over North America! 

THE FORMULA: 
Good design + quality acoustical construction = 

superior recording studio. 
Rudi is on the job from concept to reality - (no middlemen). 
Below are some of his more recently completed projects: 

Chicago Recording - Studios and Film Mix 
Bayshore Recording - Florida, New Studio 
The Shade Tree - Wisconsin, New Studio 
Group Four - California, New Studio 
KBK Earth City Studios - Missouri, New Studio 
Ground Star (Ronnie Milsap) - Tennessee, New Studio 
Rumbo Recording (Captain & Tennille) - California, Two New Studios 
Village Recording - California, Studios D and B 
Frank Zappa - California, New Studio 
Smooth Rock Studio - Calgary, New Studio, Redesigned 

For information, please call 
RUDI BREUER 

(805) 273 -3792 
License No. 238315 

We work with you - employing your ideas as well! 
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by the standard. Upon telephoning one of the 
major meter manufacturers,) was told by their 
Chief Engineer that the company's VUs are 
specified at 0.3% harmonic distortion. 
Eliminating VU meter induced distortion is not 
an esoteric goal; harmonic distortion of the 
order of 0.3% is significant. 

As with most equipment in the field today, the 
M79 has its VU meters in series with a 3.6 kohm 
resistor, bridged across the line output - a 
method of connection that allows the meter - 
induced distortion to appear across the line 
output signal. It is hence highly desirable to 
somehow isolate or buffer the VU meters from 
their respective line outputs. The simplest 
solution is to unplug the edge connectors that 
connect the meter bridges to the mother 
boards. In some studios this will be satisfactory, 
since all level metering is done on the mixing 
console's VU meters. Another solution is to 
install switches in the VU meter lines, and only 
turn them on when the meters are really needed. 

The best solution, however, is to use an 
isolation or buffer network, such as an 
operational- amplifier buffer circuit between the 
line output and VU meter. A simple circuit to 
accomplish this is shown in Figure 2. Gaining 
access to meter lines on an M79 is a simple 
matter due to the use of a multi -pair cable from 
the mother boards to the meter bays. An 
additional advantage of using an active isolation 
circuit is the ability to calibrate the VU meters. 
By definition, a VU meter, in series with a 3.6 
kohm resistor, should read -4 VU when bridged 
across a 600 -ohm line sinking 1 mW (or 2.51 mW 
for 0 VU). In practice the calibration of VU 
meters can vary from instrument to instrument. 
In mock seriousness I ask: when the VU meters 
in your studio read -4 VU, is the line output 

Figure 2: VU meter connection for a 
standard M79, and with the meter buffer 
card added. The starred resistor is 
mounted on the M79 mother board, and is 
not part of the buffer circuit. All resistors 
are 1/4 -watt, 5 "0 tolerance. Note that the 
VU ground termination refers to the 
buffer amp power supply ground, and not 

the M79 ground. 

OUTPUT TRANSFORMER 

OUTPUT TRANSFORMER LINE OUTPUT 

68Mt IK ItìK 

68 K 

really sinking 1 mW into 600 ohms? Anyway, the 
circuit in Figure 1 contains a calibration trim pot 
used to correctly set up the VU meters 
movement. 

Sidetracking the discussion leads to another 
means of reducing VU meter -induced 

distortion. If you choose to remove line- output 
transformers, the output impedance drops to a 
figure which, for all practical purposes, prevents 
a VU meter from adding significant harmonic 
distortion. Asa result, if the output transformers 
are removed, meter buffering is not needed. 

4600 SMPTE Tape Controller 
Before you do another multi-track session, call us for a personal introduction to electronic audio editing. 

wOUPS MINUTES SECONDS FNAMES TAPE MODE NOUNS MINUTES SECONDS FRAMES TAPE MODE 

The BTX Co ration 
62 
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Whether eliminating VU meter -induced 
distortion will lead to significant sonic 
improvement is certainly debatable. (Some 
weight must be given to the use of meter 
isolation, since all major console and tape 
machine manufacturers use buffers on their new 
products; in general, manufacturers do not 
include circuitry that does not have significant 
merit.) 

Tape Run -Out Sensor 
The M79 tape run -out sensor can be 

somewhat of a pain at times. Due to aging of the 
photocell, periodic adjustment of the sensitivity 
pot (R142) on the logic and master bias supply 
card is needed. To extend the time needed 
between adjustments, change R143 from 12 

kohm to 10 kohm (Figure 3). Reducing the 
response speed of the sensor can also prove 
helpful. Sometimes movement of the tape lifter 
will allow enough light to get into the sensor to 
activate the run -out mode Solder a 0.1 mfd 
capacitor across R143 and another 0.1 mfd 
capacitor from the base to collector of Q33. This 
modification shouldn't degrade the operation 
during normal tape run -out, but will prevent 
momentary "spikes" of light from activating the 
run -out mode. 

14 -Inch Operation 
3M Service Bulletin No. 12B, July 1980, 

discusses converting the 79 to 14 -inch reel 
operation, a kit of parts for which is available 
from the company. The funny thing about this 
Service Bulletin is that 3M does not recommend 
14 -inch reels for recording studio use, and does 
not recommend 30 ips operation with such 
reels. So why have the conversion kit available 
at all? I guess it is called "limiting your liability." 

R141 
10 K 

ADD 28 

R147 034 
100 K 

13 

1 15 

14 

Figure 3: Modification to reduce response 
time of the M79's light- sensor ciruit. 

Anyway, successful operation at 30 ips with 14- 

inch reels is possible, and has been used at some 
studios. 

Two parts changes can improve tape 
handling: on the logic and master bias supply 
card, change R88 from 4.7 kohm to 2.2 kohm, 
and C8 from 100 mfd to 200 mfd. Such changes 
result in a lengthening of the time that high -tape 
tension is maintained when play mode is 
initiated. Careful adjustment of reel tensions is 

also required. You might also want to increase 
tape tension in the play and standby modes. 
Please note that, besides the two parts changes 
mentioned, you must still follow all the 
alterations outlined in Service Bulletin 12B. The 
only effects caused by modifying an M79 to 
handle 14 -inch reels is a slower stop -to- 
operating speed time when going into play 
mode. This could be annoying when using 10!-2 - 

inch reels, but is needed to handle 14 -inch reels 
correctly. 

Outside Suppliers 
Several companies offer modifications 

designed for M79 Series machines. Electro- 
Media Systems, Inc. (8257 Beverly Boulevard, 
Los Angeles, California 90048) has provided its 
clients with circuit cards that replace input 
transformers with differential input amplifiers; a 

logic card that makes the output mode 
switching more convenient; and a meter buffer 
card. Westlake Audio (6311 Wilshire 
Boulevard, Los Angeles, California 90048) has 
printed -circuit cards designed for meter 
buffering; Dolby interfacing with user selectable 
switching; and will soon offer a user -installed kit 
that provides a new record amplifier circuit. The 
author (1127 Ridgewood Drive, Highland Park, 
Illinois 60035) also has a meter buffer card 
available. 

Please contact the above companies and 
individuals for more information. 

Good luck on updating your M79! O 
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INTRODUCING THE 
Newest in the 
TASCAM SERIES 
BY TEAC 

(- 
SUXVR®.II 

CREATIVE AUDIO TKONOLOGY 

We are now accepting orders for 
current delivery of the 85 -16. 
Available for 511,500 complete. 

SUNTRONICS 

(71Á19S '-"' ̀) I 
P O. Box 734 

UPLAND. CA. 9S:5-5307 1620 W. Foothill Blvd. 91786 

TASCAM SERIES 
_- .s Group 

8516 
16 track. On 1 tape 

IS inches per second. end Io'. 
r.o.d play speed control 

4 digit display for tape speed (`. or 
15 ips) or .lapsed time 

Accurate zero-Nard. function 
Plug-in front .CCnle PC cards 

for record play .mps and des 
encode decode prxessing 

Three DC servo motors 

Spooling mode for lest winding and 
neat tape pack 

Integral des noie reduction 
Adlusbee transport mounting angle 

Superior record play audio 
performance from 0C-coupled FET 
amplifiers 

28 da system headroom 
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Honeycomb 
speakers 
inspired by 
today's 
recording 
technology 

To hear the full potential of today's digital tape and direct -to -disc 
recordings, our Professional Audio Division presents a speaker 
that's just as advanced, just as accurate. The Technics R &B 
Series Honeycomb Disc Speakers. 

The special diaphragm is constructed like a flat. rigid 
honeycomb disc to eliminate the traditional acoJstical 
problems of cone -shaped diaphragms. Best of all, phase 
linearity occurs automatically because the acoustic centers are 
distinctly aligned on the flat diaphragm surface. 

The axially symmetric "nodal driver" is designed to vibrate 
in a more acct.rate pistonic motion. This provides an extremely 
w de, flat frequency response, broad dynamic rangy and 
extremely low distortion. 

And the flat leaf tweeter in the SB -7 and SB -10 is much 
lighter than many dome tweeters, for incredible high frequency 
response, up to 125 kirlz. 

The Technics R &B Series is available at select locations. 
Call our Professional Audio Division at 800-447-4700 (n Illinois, Technics 
800- 322 -4400)10 hear the entire line of Honeycombs -the 
speakers that don't hold back today's recording _echnology. R, &B series 
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TWO NEW 900 SERIES 
MODULES FROM dbx 

dbx has introduced two new units from the 
company's 900 Series Modular Signal 
Processing System, designed for use with the 
F900 mainframe. 

The Model 905 Parametric Equalizer features 
three bands of EQ, switchable for either 
constant Q or reciprocal filter operation, with 
cut /boost and center frequency controls for 
each band. The low- frequency band runs from 
20 to 500 Hz, mid -range from 200 Hz to 5 kHz, 
and the top -end from 800 Hz to 20 kHz. 
Connections are active balanced input, and 
single -ended output. A hardwire bypass switch 
is provided for before /after comparisons, 
together with an LED clipping indicator with 
multi -point sensing. Up to eight 905 Parametric 
Equalizers will fit into a standard F900 
mainframe, occupying 5.25 inches of 19 -inch 
rack space. 

The Model 906 Flanger is said to provide 
flanging without the sweep limitations of 
conventional electronic flangers. Delay range 
runs from 100 microsec. to 20 msec. in the flange 
mode, and 4 msec. to 40 msec. for doubling. The 
delay setting may be altered manually, or 
controlled from a built -in triangle /sine -wave 
modulator over the range 0.1 to 10 Hz. Front 
panel controls include manual delay, sweep 
rate, sweep range, feedback and mix. Also 
provided is a random noise generator for special 
effects. A control -voltage input enables other 
900 Series signal processors and similar DC 
signals to be used to create additional special 
effects. 

PROFESSIONAL PRODUCTS 
DIVISION 

dbx, INCORPORATED 
71 CHAPEL STREET 
NEWTON, MA 02195 

(212) 986-6668 
for additional information circle no. 51 

AUDIO & DESIGN ANNOUNCES 
GEMINI EASY RIDER 

COMPRESSOR -LIMITER 
The new unit features infinitely variable 

compression slope, ranging from a very soft 
(1.5:1) to limit (20:1) ratio with convenient 
switched out mode (1:1), plus system by -pass. 
Optimum attack time is calculated by a control 
which responds to program characteristics. 
Slower settings can be used safely since the unit 
will adjust its attack automatically to handle 
unforeseen peaks. Dynamic attack change, 

relative to level, can range from 500 microsec. 
to 5 msec. Release (recovery) time can also be 
programmed automatically or set between 15 

msec. and 4 sec. for specific signal shaping. 
The Gemini Easy Ride?" offers 33 dB make- 

up gain, with a 25 dB control range from onset 

UPDATE 
STUDER A -80 

You WILL HEAR THE DIFFERENCE!! 

Simply replace your Studer A -80 output amplifier with 6 direct plug in replacement Kdisc 

2572 card. Comparative listening tests clarity. The Kdisc 2572 has virtually eliminated cross- 

over distortion while lowering both IMD and THD by a minimum of ten times. Additionally, 

we have improved the signal to noise ratio 10dB and increased the slew rate 16 TIMES. 

The result is an amplifier with measurably improved low frequency response and high fre- 

quency detail. THIS NEW Kdisc AMPLIFIER WILL MAKE YOUR A -80 SOUND BETTER 

THAN NEW. 

DISPLAY FROM SODNDTFCHNOL OGY 1710. DISPLAY FROM SOUNDTECHNOLOGY 17108 
DATA 

Studer 806 Kdlec 2572 
Output Output 
Balanced end Hoenig 18 2Flin Balanced end Floating t24dBtr 

Frequency Response Frequency Response 
lull, to ISM/ 1 3dB ro Id13 typical 311Ie to 15(311, .0dB to - 2d6 typical 
2011, no 20(311, 41 IkIB to 4,113 µprtal 20He to 211 (311, .0dB to - 4dB typical 

Distortion INC at .4dflm 17'. THD y(ncal IMtomon INC al 44dBm 004% THD typical 
Output SMPTF IMD 14s'. IMO typical Output S M P T F IMD 0035 IMD typical 

Signal to Noise Signal to None 
Rano Unweghled IMdRn, mortal 7KA8 µTical Rann Ilnwe,ghted O4dBm outlmn 88d8 typical 

Slew Rate lv y min Sk- Rate 1ówlp min 

DISTRIBI ITID P.\ 

DIACOUSTIC 
LABORATORY 

23958 Craftsman Road. Calabasas. CA 91302. (2131 888-8010 

Kdi4C 
Kdisc, subsidiary of Kcc,or Century Corpora,, 

26000 Spnngbrook Road, Saugus, CA 91350, 1213 a, 
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Ursa Major Is a Sound Improvement 
If you work with close -miked sound sources, the Ursa Major SPACE 
STATION" is one of the most creative sound processing tools you can 

own. This innovative new digital reverb system adds warmth and body to a 

speaker's voice, enhances both live and recorded 
music, and generates special effects that range 
from the subtle to the exotic. Unlike simple delay 
units, the SPACE STATION incorporates a propri- 
etary Multi -Tap Digital Delay algorithm, in which a 

digital RAM can be tapped at more than 20 loca- 
tions at once. With this feature, you can simu- 
late an almost endless variety of reverberant 
spaces, from tiny rooms to parking garages 
and concert halls. 

Check out the SPACE STATION soon. 
For reverberation quality and variety, for 
special effects features, and for price. 
the SPACE STATION is the best 
sound improvement you can make. 
US Price: $1995 

Demonstration cassettes for 
broadcast and recording applica- 
tions are available for $2.00 each 

i-`. URSA MAJOR. Inc. 
Boa IB. 801m0n1 MA 02178 e Telephon. 16171 409 0303 
Tel.. '11141 " l'RSAMAIOR REM 

"THE PACKAGE" 
1000 Pure Vinyl 45 RPM Records. 
Labels 
All Metal Parts & Processing. 
Mastering by Dick McGrew using 

Neumann VMS 70 Lathe and SX 
74 Cutter. 

COMPLETE 
PACKAGE.. 

365.0° 
iFOB DALLAS 

"THE PACKAGE" consists of full processing. 
Re- orders are possible without re- mastering. 

Call Toll Free for more intormafion: 800 -527 9026 

altr, record monufacturing corp. 
902 Industrial Blvd.. Dallas. Texas 75207 

(214) 741 -2027 
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of limiting to a maximum clip level of +18 dBm, 
with preset output control user - calibrated 
between -10 dBm and +12 dBm referenced to 
limit threshold. 

It can also be used as two separate mono 
channels with crosstalk better than -77 dB 
referenced to +12 dBm on the opposite 
channel. Stereo coupled, the unit features ±1 
dB channel -to- channel matching over 20 dB 
gain reduction to ensure image stability. Signal- 
to -noise ratio is -82 dB referenced to +12 dBm, 
with distortion better than 0.15% at 1 kHz 
referenced to +12 dBm. 

A 20- segment LED bar graph which reads 
gain reduction provides previously unobtain- 
able accuracy and ballistic response. 
Input /output and ground connections are via 
12 -way barrier strip with independent side - 
chain access facilitated by a 3 -pole jack socket. 

The Easy Rider is compatible with all 
standard 19 -inch rack systems, and occupies 
1%- inches (1 -U) of rack space. List price: 
$875.00. 
AUDIO & DESIGN RECORDING, INC. 

P. O. BOX 786 
BREMERTON, WA 98310 

(206) 275-5009 
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SYMETRIX SE -400 STEREO 
PARAMETRIC EQUALIZER 

Featuring 18 dB per octave, independently 
switchable sub -sonic filter with roll -off at 35 Hz, 
the SE -400 four -band equalizer is constructed in 
a 3,h -inch high rackmount chassis, measuring 7- 

inches deep. Visual status indicators for each 
channel include "EQ In," "Subsonic Filter In," 
and a +18 dBm peak light which flashes 3 dB 
before the equalizer's clip point. 

The SE -400 is available in both unbalanced 
(SE -400) and transformerless balanced (SE- 
400B) versions. Suggested professional user 
prices for the two versions: $499.00 and $579.00, 
respectively. 

SYMETRIX, INC. 
109 BELL STREET 

SEATTLE, WA 98121 
(206) 624 -5012 

for additional information circle no. 56 

JVC UNVEILS SERIES 90 
DIGITAL AUDIO MASTERING SYSTEM 

The requirements of a two -channel digital 
audio mastering system for studio recording, 
cutting masters, and transmission of broadcast 
programs, include not only excellent basic 
performance, high reliability, and the capability 
of reproducing submasters without degradation 
of sound quality, but ease of editing, mobility for 
remote recording sessions, and low running 
costs. 

The JVC Series 90 digital audio mastering 
system, utilizing % -inch U -type VTR format has 
been developed to meet the demand for PCM 
audio recording. Based on the BP -90 Digital 
Audio Recording Processor, the new system 
utilizes a newly developed BP" format with 16- 

bit linear quantization. Other components are 
the AE -90 Digital Audio Editor, which enables 
monitoring of all editing operations, and the CD- 
90 Digital Audio Delay Unit, which delays the 
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A Studio Quality Mixer That Moues 
Peavey's extensive 

experience in electronic 
design, packaging, and 
reliability studies along 
with the utilization of the 
very latest semiconductor 
technology have created 
the Mark Ill Series sixteen 
channel mixer,...just the 
right combination of 
superb performance and 
useful features in a highly 
mobile and durable sound 
reinfor« 

inputs feature virtually 
infinite dynamic range and 
include switchable 48-volt 
phantom power for 
capacitor microphones. 
Two independent pre 
monitor sends, 4 -band EQ, 
two post effects sends and 
a PFL /cue button 
compliment each channel. 

The Mark Ill's master 
section includes all the 
usual professional facilities 

th many features 

mixers. A complete patch 
panel features transformer 
balanced line outputs on 
both mains, both monitors, 
and sum. 

We've listed just a few of 
the Mark Ill's many 
features to illustrate its 
performance,...to get the 
complete picture, you'll 
want a "hands on" 
demonstration at your 
Peavey dealer. You'll see 
again why incredible 
values are still a reality at 
Peavey. 

"Peavey Makes It Possible." PEAVEY ELECTRONICS CORP. 711 A Street /Meridian, MS 39301 © 1980 
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Take a 
giant step 
forward... 

Learn 
professional 
audio 
recording 
technology. 

Complete the 
Multi -track Recording Technology 
curriculum in one year, or earn the 
B.S. Degree in Music Technology 
via the Institute of Audio Research - 
New York University joint program. 

Spring '81 Quarter starts 
Thursday March 26th. 

Summer '81 Quarter starts 
Monday July 6th. 

Write or call for brochure 

Estaollshea 
1969 

Licensed by N Y State Dept of Education 

Institute 
of Audio 
Research 
64 University Place 
Greenwich Village 
New York, N.Y. 10003 
(212) 677 -7580 

cutting signal for variable pitch/depth control in 
lieu of preview arrangement. 

Tentative prices of the Series 90 System are: 
BP -90 Processor, $39,900; AE -90 Editing 
System, $36,900; and CD -90 Disc Mastering 
Delay Line, $19,900. 

BP -90 Digital Audio Processor 
A professional two -channel PCM processor 

for use with any U -type VTR, the BP -90 utilizes 
16-bit linear quantization, 44.056 kHz sampling 
rate, and a highly effective error correction 
system. Adequate consideration is paid to 
editing operations, with the simultaneous 
recording of an address per V -unit (a field of 
video signal), V -unit encoding, and with the 
digital input and output terminals. 

The BP -90 may be used in one of four 
operating modes: 

1 - Normal Recording Mode: An analog 
input signal is subjected to 16 -bit linear 
quantization. 

2 - Dubbing Mode: In this mode, the 
reproduced output signal enters the digital input 
of the recording section with address codes 
added, so that dubbing can be performed. 

3 - Synchronous Mode: This mode is used 
for reproduction with timing controlled by a 

quartz crystal, and for editing in combination 
with the AE -90 Digital Audio Editor, to feed the 
VTR with the sync signal. 

4 - External Signal Monitor Mode: This 
mode is used to monitor external digital signals; 
for example, during editing using the AE -90 or 
for reproduction of the main signal during disc 
cutting. 

AE -90 Digital Audio Editor 
Combining one BP -90 Digital Audio 

Recording Processor and two U -type VTRs, the 
AE -90 Digital Audio Editor enables recorded 
material to be monitored during play back of a 

tape in either direction. Automatic and manual 
scanning can be applied to locate the exact 
editing point. Cut -in and cut -out points are 
confirmed independently by recalling the signal 
stored in memory. 

A cross -fade function secures smooth 
continuity of program at the editing point. 
Cross -fading time can be varied in four 
increments. A digital rehearsal function enables 
an operator to rehearse editing performance by 
recalling the music signal from a built -in memory 
store without running the tapes. A level - 
adjusting facility allows the music signal level to 

be altered, or enables fade -in and fade -out 
operations. 

A special function adjusts the editing point 
backward or forward in steps of 2 msec. Once a 
rehearsal sequence is satisfactory, the editing 
operation is fully automatic with a single control 
button. 

CD -90 Digital Delay Unit 
To cut analog record masters with digital 

music material decoded from a BP -90 Digital 
Audio Recording Processor, the CD -90 unit 
delays the music signal to produce the preview 
signal for variable pitch /depth control system. 

At any sampling frequency, the delay timer 
can be set up to 1.5 seconds in 6 -msec. 
increments. Delay time can also be adjusted to 
suit 45 or 33 -1/3 rpm, providing that the 
sampling frequency is 44.056 kHz. 

Dynamic range of the delayed signal is more 
than 90 dB, and digital input 16 -bit serial /parallel 
data. Controlled by an external clock signal, the 
unit may be operated at sampling frequencies 
ranging from 30 kHz to 60 kHz. 

JVC CUTTING CENTER, INC. 
RCA BUILDING, SUITE 500 
6363 SUNSET BOULEVARD 

HOLLYWOOD, CA 90028 
(213) 467-1166 
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BULGIN -SOUNDEX AMM100 
AUDIO MULTIMETER 

The AMM 100 audio multimeter, manufactur- 
ed in Britain by Bulgin -Soundex, and now 
available through H. R. Kirkland Company, 
Morristown, New Jersey, is a multi -purpose 
instrument suitable for line testing and listening, 
peak program metering, amplification of 
microphone signals, calibration of peak 
program monitors, bench testing and other 
audio functions. 

The instrument combines a switched gain 
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MEET THE NEW 

TRAC 
F THE `80s 

NEOTEK 
SERIES III 
28x24 CONSOLE 

ANNOUNCING 
THE 

OTARI /NEOTEK 
24 -TRACK SUPER SYSTEM 

OTARI 
MTR-90 
MASTERECORDER 

With the introduction of the MTR -90 Masterecorder, Otani has made its entry 
into the world of professional 24 -track recording. The MTR -90 reflects the 
leading edge of current technology with its fully symmetrical tape path and 
pinch roller -free direct drive capstan. The transformerless design of the 
Neotek Series Ill recording console offers in -line monitoring and logic 
controlled FET switching of console status functions. Tne Neotek Otani Super 
System delivers simple and efficient operation yet affording the experienced 
engineer an unprecedented degree of flexibility at a surprisingly affordable 
price. With "hands -on" experience in the recording industry, the consultants 
at Flanner's Pro Audio know how to put the Neotek Otani Super System to 
work for you. No matter what the size of your purchase, you'll appreciate the 
personalized service received before, during and after the sale. Flanner's Pro 
Audio has been selected to represent most of the leading names in professional 
audio products which means they probably have the items you want in stock 
for immediate delivery! Call today for your next purchase! 

.1 i 1t 41i 

Hi %I() tr1NIKU1 
\\ 1111 OI'I \I 
\t I O I \ IOR 

CALL (414) 259 -9665 
MAYFAIR MALL 2500 N. MAYFAIR RD. 

P.O. BOX 26005 
MILWAUKEE WI 53226 JI WttI ID 

and 
/ nK'goirri 

k 
lee. for additional information circle no. 60 
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amplifier and full -spec peak program meter 
capable of audio program level measurements 
down to -72 dB with 0.1 dB accuracy. Amplifier 
input is fully protected to 400 V, isolated and 
balanced to prevent grounding when connected 
to a jack field. The 50 -ohm impedance output 
has sufficient power to drive headphones. 

Gain settings are achieved by eight 
pushbuttons on the front panel. A further four 
buttons provide on/off, battery test, 600 -ohm 
termination and, access to a front -panel, 
variable -gain potentiometer. 

Power is supplied by internal rechargable 
batteries, with a built -in AC converter /charger 
for bench use. Measuring approximately 7 x 84 
x 2/r inches, the AMM100 audio multimeter is 
enclosed in a tough plastic case, with an optional 
carrying case available for field use. 

H. R. KIRKLAND COMPANY 
8 KING STREET 

MORRISTOWN, NJ 07960 
(201) 538 -2777 
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PROGRAMMABLE GRAPHIC 
EQUALIZER 

FROM AUDIO DEVELOPMENTS 
The ADO 070 Prographic'" equalizer uses a 

computer memory circuit to provide instant 
comparison of curves stored. The new unit, said 
by its developers, Audio Developments, to be 
the only equipment of its type, utilizes digital 
control to complify or attenuate a range of 
frequencies, thereby eliminating the need for a 

bank of faders. 
The ADO 070 is unlike any other graphic 

equalizer in appearance: it has only one fader, 
instead of a row of sliders, and a display of 
colored lights with a group of keys and 
pushbuttons beneath. The spots of light give 
approximate representation of the frequency 
response curve. They can be set to the same 
types of curves as those of a conventional 
equalizer, by using the single fader and the 
control keys. 

A built -in memory stores up to 32 different 
equalization curves, which can be altered at any 
time. The computerized control panel provides 
instant comparisons between any of the stored 
curves. A back -up battery hold the contents of 
the memory even with main power disconnect- 
ed. 

Any number of channels may be set 
simultaneously to the same curve - the basic 
unit controls two channels for stereo operation. 
Precise and accurate resetting is possible, and 
reportedly the memory contents are recalled far 
more rapidly then resetting an equalizer by 
standard means. 

AUDIO DEVELOPMENTS 
HALL LANE, WALSALL WOOD, 
WALSALL, WEST MIDLANDS 

WS9 9AU, ENGLAND 
or, in the U.S. - 

AUDIO SERVICES CORPORATION 
4210 LANKERSHIM BOULEVARD 
NORTH HOLLYWOOD, CA 91602 

(213) 980 -9891 

for additional information circle no. 63 

A GREAT NEWGATE... (Two 
of them, 
in fact!) 

The SG -200 
Dual Signal Gate 
It's the gate you set and forget! 
The SG -200 is as easy 
to use on stage as it is in the studio. 
The settings are non -critical, no "touchy" 
threshold or release settings. The solution is the 
SG -200's unique Program Controlled Attack Logic which posi- 
tively prevents gate stuttering, chatter distortion, or modulation problems. 

Use the SG -200 to gate individual input channels in PA. or recording, for 
controlling echo chamber decay time, eliminating effects pedal hum or any other kind 
of low level interference. Use the SG -200 live or in the mix-it's the gate you set ...and forget! 
Check these features of the SG -200 Fast VCA control -no distortion producing FET"s or slow opti 
attenuators. Two channels in one sturdy 1%" rack cabinet. Independent attack, release, range, 
and threshold controls. External control input. 

For complete information call or write: Syri1@triC 109 Bell St., Seattle, WA 98121. (206) 624-5012. 
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EMT 251 DIGITAL 
REVERBERATION SYSTEM 

While the new EMT 251 retains the distinctive 
"space machine" look of its predecessor, the 
250, the two units are said to be quite different. 
Using the latest technologies, the 251 surpasses 
the 250 in frequency bandwidth and operational 
versatility. The EMT 251 has double the 
memory capacity, and incorporates internal 
error correction and self- diagnostic features. 
Increased versatility mainly results from 
increased processor speed (40 nanosec. per 
instruction, down from 50 nanosec.), and more 
refined programming techniques. 

Digital -to- analog conversion is 16-bit linear 
with 15 kHz bandwidth for all programs. As a 
result, EMT claims the 251 provides unmatched 
excellence in dynamic and phase characteris- 
tics and generates denser, more refined 
reverberant images. The totally new control 
panel employs an advanced dot matrix, liquid 
crystal display which shows reverberation 
curves, delay settings and amplitude settings at 
a glance. 

The EMT 251 is said to provide high -quality 
reverberation with extraordinary versatility in 
the control of its characteristics. Recent 
findings emphasize the importance of discrete 
reflections as well as diffuse reverberation in 
determining the perceived qualities of 
reverberant "space." The EMT 251 simultan- 
eously provides a reverberation program and 
three delay lines, all individually controlled to 

permit detailed "placement" of first, second and 
third reflections, and assignable across the 
stereo output. In addition, a fourth delay line 
produces a reverberation cluster just prior to 
the onset of actual reverberation, thereby 
making a smooth transition into the reverberant 
field. 

In addition to the basic reverberation mode, 
the EMT 251 has three special modes: a delay 
mode, echo mode and chorus mode. The 
chorus mode processes a single input to create 
four independent outputs, each one slightly 
different and varying both in pitch and 
amplitude. Delay and echo modes allow time 
delays ranging from a maximum interval of 440 
msec. down to extremely short (less than 4 

msec.) intervals, which are useful in "broaden- 
ing" or "fattening" dry tracks. 

The EMT 251 is also compatible with console 
automation systems, enabling direct control of 
all parameters. Variations in reverb characteris- 
tics are recorded on a data track or disk drive 
along with the console fader information, and 
later decoded to precisely reproduce those 
settings during mixdown. The unit's interface is 

compatible with DC -type systems such as 
Harrison Autoset and others. 

The first delivery of an EMT 251 was made 
recently to Sunset Sound Studios in Hollywood. 
Further deliveries are slated to: Moonbeam 
Productions, Soundcastle Studio, engineer Bill 
Schnee - all in Los Angeles; producer Norman 
Putnam in Nashville, and Hit Factory and 
Lennono Studio in New York. Future units go 
to Record Plant, Location, Broadcast Services, 
Westlake, Nova, Spectrum - all Los Angeles; 
Sound Stage and Jimmy Bowen in Nashville, 
and Chicago Recording in Chicago. 

GOTHAM AUDIO CORP. 
741 WASHINGTON STREET 

NEW YORK, NY 10014 
(212) 741 -7411 

manufacturer requests direct contact 

SOUNDCRAFT SERIES 800 
CONSERT SOUND AND 

RECORDING CONSOLES 
The Series 800 is a versatile range of eight -bus 

consoles available in two frame sizes: 18- and 32- 
input. Two types of input and output modules 
enable one of three formats to be selected: an 
eight -group recording console with 16 -track 
monitoring; a concert sound board with eight 
sub -masters; and a stage monitor /theater 
sound mixing console with 10 discrete sends on 
each channel. 

Series 800 boards are housed in a custom - 
designed extruded aluminum frame, which is 
light but very strong. End profiles are made from 
solid hardwood, and the armrest is real leather. 
Instead of having a fragile printed circuit 
motherboard, a continuous ribbon cable 
attaches to each module. As a result, 

FOR PURE SOUND 
SONEX introduces the new era in 
effective sound engineering. With 
SONEX acoustical foam, 
you hear only the true 
sound of the perfor- 
mance. SONEX ab- 
sorbs sound uniformly 
with no peaks or valleys 
so you can control re- 
verb times, eliminate 
stray reflections, and 
kill standing waves. 
Easy, economical con- 
struction. Apply adhe- 

sive and put SONEX in place. SO- 
NEX is available in 15 inch square 

silver Audiotiles or 48 inch 
squares in silver, green, 

blue, yellow, or brown 
colors to match your 

decor. When you need 
to eliminate noise and 

hear pure sound, go 
with the best. SONEX, 

SONEX's made only by Illbruck/ 
special geometric shape, usa. Distributed through 
the "anechoic wedge," Alpha Audio. Get the 

optimizes noise dissipation. clean sound today. Call: 

Alpha 
Broad Street 

Richmond. Virginia 23220 (804) 358 -3852 
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Soundcraft claims, there's nothing to crack or 
break at a crucial moment. 

The console's gentle slope gives a clear view 
of all the controls, and ensures an uninterrupted 
view of the stage or studio, with the minimum of 
acoustical interference. 

Totally transformerless, electronically - 

balanced microphone inputs keep sound quality 
up, and weight down. Other design features 
include: click -stop rotary controls for precise, 
repeatable settings; high -resolution LED bar 
graph meters (individually selectable for Peak of 
VU characteristics); and patch points at 

please mention .. . 

YOU SAW IT IN R -E tP 

nominally zero level for easy interface with 
peripherals. 

SOUNDCRAFT, INC. 
P. O. BOX 2023 

KALAMAZOO, MI 49003 
(616) 382 -6300 

or 
5 -8 GREAT SUTTON STREET 

LONDON EC IV OBX ENGLAND 
01 -251 3631 

tor additional information circle no. 66 

NEW LINE OF KELSEY MIXERS 
FROM DALLAS MUSIC INDUSTRIES 
Thirty -seven models are offered in the five 

new lines. All Kelsey boards are furnished with 

an aluminum reinforced fiberglass SMF ATA- 
style roadcase. 

The Pro -Club +3 Series is offered with six 
through 24 inputs, and features separate stereo 
and mono operation, balanced and unbalanced 
inputs and outputs, shielded studio -grade mike 
input transformers, built -in reverb system, and 
two LED level arrays. 

The Pro -4/3 Series is offered with 12 through 
24 inputs, and features two stereo or four mono 
submaster operation at the touch of a button, 
separate stereo and mono outputs, balanced 
and unbalanced inputs and outputs with 
shielded, oversized mike input transformers, 
gain status indication, stereo solo and mute, 
four LED level arrays, four sends, four -band EQ, 
long throw faders, channel patching, and 
external power supply. 

The Stagemix +4 Series is a four -output stage 
monitor board, available with eight through 24 
inputs, featuring a unique snake eliminator input 
configuration, and channel submastering with 
solo and mute. 

The Pro -Tour 8/3 Series is based on a 
modular format with up to 32 inputs. Features 
include: stereo and mono outputs; four true 

SIMPLE AS THAT 
Q -LOCK: An SMPTE /EBU time -code Synchroniser 
that makes the transition to Video childs play 

411V. 41>h I The operator orientated Q- LOCK system offers the record- 
ing studio access to the world of Video post production audio 
sweetening, increasing the earning potential of existing 
multitrack facilities. The control panel commands 2 or 3 
machines as if they were one, with a 10 memory cycling 
locator that can be operated with or without time code. 
Optimised software interfaces to audio and video machines 
give uncompromised performance. Q -LOCK, incorporating 
a multi- standard SMPTE /EBU time code generator, is a 

complete self contained system requiring no additional 
hardware. 

Don't get left behind investigate Q -LOCK today. 

Europe: AUDIO KINETICS IUK) LTD., Kinetic House, Verulam Road, St. Albans, Herts. AL3 4DH England. Tel 0727 32191 Telex: 299951 
America: QUINTEK, 4721 Laurel Canyon Blvd., Suite 209, North Hollywood, CA 91607 Tel: (213) 980 -5717 Telex: 194781 
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stereo submasters; separate four -track 
mixdown; eight LED level arrays; gain status 
indicator system; phantom, pad, and mute; four - 
band EQ; four sends; external power supply, 
and talkback system. 

The Soundprism Series is the top -of- the -line 
based on a modular format with eight through 48 
inputs. Features include: 15 main mix busses; 
four assignable sends; mike /line, mike phase 
switch, phantom, pad and mute; gain status 
indication, four -band EQ; stereo "zoom" 
system; four returns; four true stereo subs and 
four mono subs; and separate stereo and mono 
outputs. 

List prices range from $925 to $20,280. 
DALLAS MUSIC INDUSTRIES 

150 FLORENCE AVENUE 
HAWTHORNE, NJ 07506 

(201) 423 -1300 

for additional information circle no. 67 

PANASONIC RAMSA SOUND 
LOCALIZATION PROCESSOR 

The unit enables an engineer to place up to 
eight channels or inputs of a master recording 
anywhere within the frontal half of the listening 
space in a two- speaker playback system, as well 
as continuously control an input's movement 
via joy -stick controls. Unlike conventional 
systems where sound localization is determined 
by the signal amplitude difference between two 
channels, and restricted within the space 
between two loudspeakers, the Ramsa 
Processor has the possibility of controlling 
sound localization outside the conventional 
range. 

Continuous control of both sound direction 
and distance is achieved by moving a joy -stick 
on a four -channel panpot. Further distance 
control beyond the speaker position and the 
spaciousness of the sound are controlled by two 
separate adjacent faders: one alters the ratio 
between direct sound and early sound 
reflections associated with distance; and the 
other controls later reverberations to vary 
spaciousness. 

is0111111111" 
The Ramsa Sound Localization Processor 

features eight input channels and two outputs. 
Four inputs can be controlled by a joy -stick for 
continuous mixing adjustments, while the 
remaining four inputs are preset and remain 
fixed during the mixdown. To achieve a precise 
feeling of sound distance and spaciousness, as 
many as six early reflections and latter 
reverberations can be controlled separately. 
Direction and sound pressure level of 
reflections are also pre -adjustable. 

PANASONIC 
TECHNICS R &B SERIES RAMSA 

50 MEADOWLANDS PARKWAY 
SECAUCUS, NJ 07094 

(201) 348-7000 

for additional information circle no. 68 

NEW CONCERT -SOUND SYSTEM 
FROM CALBRO SOUND 

Designed by Calbro Chief Engineer, Dan 
Smith, the new system is claimed to be state -of- 
the -art in acoustic and electronic engineering. 

In eight years of concert touring, Calbro has 
found a five -way system to be the most efficient 
method of sound reproduction. The new system 
accomplishes this electronically through the use 
of the newly- design UREI five -way crossover, in 
conjunction with UREI limiters and White 1/3- 
octave equalizers. The house system is powered 
by sixteen Crown PSA -2 self -analyzing 
amplifiers. 

Calbro's five -way approach is carried through 
to the speaker system by utilizing three separate 
cabinets: sub -bass, bass and mid -high. Visually 
identical, each is internally designed to provide 
the most efficient use of cabinets, as well as 

speakers. All speakers and horns are from JBL's 
new E- Series. The Calbro house system, a total 
of 30 cabinets, offers a package of visual 
uniformity with maximum quality, flexibility and 
efficiency. 

Calbro features a sophisticated 40- channel 
Interface Electronics mixing console. Dan Smith 
has worked closely with Louis Stevenson, 
President of Interface Electronics, in developing 
this custom -built and designed console, which 
includes eight submasters, three wideband 
parametric equalizers and LED -VU metering on 
each channel. 

Realizing the importance of the artist's 
comfort on stage in insuring his best 
performance, Calbro has taken special care in 
designing the monitor system. It features 
Interface Electronics' top of the line 32- channel 
"super monitor console," which is capable of 

We put a lot of Effort 
into our machines 

(but not a lot of parts) 
Twenty -five years of re- 
search has gone into our 
design. Our goal has al- 
ways been to stay ahead 
of the "state -of- the -art". 

We don't use trans- 
formers, capstans, or 
pinch rollers and have 
continually endeavored to 
use as few parts as pos- 
sible, so that we can keep 
our circuitry simple and 
reliable. We want as few 
parts between what goes 
into the machine and 
what comes out of it, for 
a clean signal with as lit- 
tle degradation as possi- 
ble. 

Our recorder /reproducers are carefully handcrafted and 
assembled. All parts are given a rigorous checkout be- 
fore leaving the factory. 

We put a lot of effort in, so that you can have a 
machine that's reliable, dependable, and reproduces 
the sound you record. 

0 

We're as close to digital as you'll find, 
in an analog machine. 

STEPHENS 
ELECTRONICS, INC 
3513 PACIFIC AVENUE, BURBANK, CALIF. 91505 
PHONE: (213) 842 -5116 
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000t5 
handling 12 separate mixes. To ensure the 
smoothest sound possible, each of the mixes is 
analyzed with a new 1/3- octave real -time 
analyzer in conjunction with a White 1 /3- octave 
equalizer. 

Three types of monitors are available: side, 
drum, and floor, utilizing JBL E -Series speakers 
and horns. The five -way side monitors are an 
extension of the house system, using three 
separate Calbro cabinets on each side. The 
four -way drum monitors are designed for close 
proximity and maximum efficiency in the low 
end. The floor monitors are three -way low 
profile cabinets, capable of three tilt angles. 

Calbro, in association with Bylites, Inc., can 
offer an infinitely expandable stage -lighting 
system, which features a 40 x 30 foot box truss, 
120 par lights and a 48- channel, three -scene 
control board. 

CALBRO SOUND SYSTEMS 
305 EAST 16TH 

LITTLE ROCK, AR 72202 
(501) 374 -2376 

for additional information circle no. 70 

KLARK -TEKNIK INTRODUCES 
DN60 REAL TIME ANALYZER 

The new unit features three memories, peak - 
hold display, selectable display resolution and 
time constants, and facility for 'A' weighting. 
The noise source is internal, as is provision for 
calibration to a specific microphone. An easy to 
read 30 x 16 high -intensity LED display is 
featured, with separate display for overall SPL 

a 1 oo O 

levels. An RT6o option will be available in Spring 
1981. 

Utilizing a new generation of high -speed 
microprocessors, the DN60 Real Time 
Analyzer is said to provide professional 
performance and long -term flexibility at an 
affordable price. All units come complete with a 
calibrated microphone. Price: $3,200.00. 

KLARK- TEKNIK ELECTRONICS 
262a EASTERN PARKWAY 
FARMINGDALE, NY 11735 

(516) 249 -3660 

for additional information circle no. 71 

EXTENDED RANGE LOUDSPEAKER 
SYSTEMS FROM JBL 

Capable of high acoustic output with 
minimum distortion, the 4690 Full Range and 
4695 Subwoofer are said to be ideal for a variety 
of permanent and portable applications, 
including nightclubs, discotheques and 
theaters. 

The 4690 is a compact, two -way system 
engineered for full -range music playback. 
Components consist of JBL's recently - 

introduced E140 15 -inch low- frequency 
loudspeaker, new 2306 high -frequency 
exponential horn, 2410 high -frequency 

compression driver, and a specially designed 
3101A dividing network. Combining great 
efficiency, controlled dispersion and wide range 
response, the 4690 will provide complete 
coverage of typical listening areas. Quoted 
frequency range is 40 Hz to 20 kHz, and power 
handling 400 watts program. 

When maximum sound levels of low - 
distortion bass are required, the 4690 can be 
used in conjunction with the powerful 4695 

Subwoofer. Featuring JBL's new E155 18 -inch 
loudspeaker housed in an optimally tuned 
reflex enclosure, the 4695 can handle 600 watts 
continuous program (300 watts sinewave) 

December 1980 R -e'p 94 

Partial Users Li 
Dawn Recording -N.Y. 
Unique Recording-01 
Skyline Recordi 
Spectrum -Mich 
80's Recording - 
CherokeeH 

at a 
budget price! 

ECOPLAT_E'M II 
Often the weakest link in a 
recording chain is the reverb 
device. Ecoplate lI offers the 
clean, bright, musical reverb 
heard on many hit records... 
and at a price affordable by 
most studios. 

With a sound comparable to 
the world famous Ecoplate, but 
with greatly reduced size, 
weight and cost, Ecoplate Il is 
certainly the "best buy" in a 
reverb unit today. 

Call your dealer or write 
Only $2750. 

STUDIO 
TECHNOLOGIES 

6666 North Lincoln Avenue Lincolnwood. IL 60645 
3121676.9400 

'an affiliate of Programming Technologies, Inc. 

for additional information circle no. 72 
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down to 30 Hz. 
The 4690 and 4695 are packaged in 3/4 -inch 

multi -laminate hardwood enclosures coated 
with durable black polyurethane paint. Rugged 
enough to withstand the wear and tear of 
portable us, the enclosures are also structurally 
suitable for fixed hanging installations. Flush 
fitting covers, flush -mounted road handles and 
sturdy polycarbonate corner guards come 
standard with the 4690 and 4695. 

Accessories offered by JBL are the 2903 
High- Frequency Power Pack and 5234 
Electronic Frequency Dividing Network. 
Added to the 4690 by simple removal of the 
baffle board adaptor, the 2903 will increase 
high -frequency output by as much as 10 dB. 
The dual -channel 5234 provides a convenient 
means for bi- amping the 4690 and 4695 where 
use of both systems is desired. 

JAMES B. LANSING SOUND, INC. 
8500 BALBOA BOULEVARD 

NORTHRIDGE, CA 91329 
(213) 893 -8411 

for additional information circle no. 73 

PANASONIC /RAMSA MODEL WM -8100 
CONDENSER MICROPHONE 

To improve the electrical non -linear 
distortion due to the stray capacity of 
transducers, Panasonic has developed a push - 
pull type electret transducer claimed to cancel 
distortion. Because of this new design, 
maximum sound input pressure can be 
obtained up to 154 dB SPL (for 1% THD, 
phantom power, 100 Hz to 20 kHz). As in all 
condenser microphones, the upper limit of the 
dynamic range is determined by the non - linear 
distortion of transducers and amplifiers. 

Model WM 8100's back -elec- 
tret type design enables the 
diaphragm configuration to be 
the same as a condenser micro- 
phone, and also improves trans- 
ient performance by removing 
the electret material from the 
vibrating diaphragm. This is said 
to result in a flat frequency 
response that extends from 20 
Hz to 18 kHz with superb trans- 
ient characteristics. 

Other features include a pre- 
amplifier with two FETs in comp- 
lementary design that eliminate 
distortion. The microphone is 

also designed to work with an external phantom - 
power supply that overrides the battery when 
connected. (The microphone contains LED 
lights which indicate when battery or phantom - 
voltage is below 7 V.) A tone switch can be set 
to the following positions: Flat: for flat 
response; Low Cut: VI and V2 (for vocal 
applications); High Out: Hl and H2 (for high - 
output instrumental applications); Subsonic 
Filter: eliminates vibration noise below 40 Hz. 

Model WM- 8100's floating suspension 
minimizes mechanical feedback such as floor 
noises. Encased in satin nickel plating and 
metallic finish, WM -8100 weighs approximately 
580 grams. 

PANASONIC /RAMSA 
50 MEADOWLANDS PARKWAY 

SECAUCUS, NJ 07094 
(201) 348 -7000 

for additional Information circle no. 74 

CON BRIO ADS 200 
DIGITAL SYNTHESIZER 

Incorporating eight -inch floppy disk drive, 
two digital five -octave keyboards, video 
monitor, digital electronics and a control 

console in a single, portable cabinet, the ADS 
200 is equipped with 64 digital oscillators 
(expandable to 256) that can be independently 

amplitude- and frequency- modulated by 
separate 16 stage envelopes. Six different 
waveforms are available for synthesis: sine, 
triangle, sawtooth, square, pulse and noise. The 
ADS 200's synthesis modes include: additive 
synthesis, phase modulation, frequency 
modulation and nested phase and frequency 
modulation. 

The synthesizer's floppy disk drive is said to 
be the fastest storage and retrieval system on 
any unit. Synthesized voices, programming 
comands, keyboard activity and tunings can all 
be stored on a disk and instantly recalled. Any 
sound or combination of sounds stored on an 
ADS 200 floppy disk can be assigned to either 
side of either keyboard. A video monitor 
presents pictures of individual osciallator 
frequency and amplitude envelopes, or can - continued overleaf .. . 

NOW 
THERE'S MORE 

KG °AMPEX 
TASCAM 3M 
BGW ° OTARI 
JBL° EVENTIDF 
3OUNDCRAF7 
TANGENT° DB;: 
MIC MIX BOS 

fi : )RBAN ALTEC 
11EXICON° EV° 

NEUMANN -MF 
°UREI°IVIE 

MORE R__ 

MORE 

MORE 

STUDIO DESIGN 

FILM -VIDEO INTERFACE 

INSTALLATION , MAINTENANCE . 

Ì 

i 

AVC 
SYSTEMS 

INCORPORATED 

fim MI 
4550 W 126 th st. suite 307. A SIP ILLINOIS 60658 
1517 E LAKE st. MINNEAPOLIS, MINNESOTA 55407 

N i 
312 - 389 -7344 
612 -729 -8305 
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bduc,t5 WE MAKE PERFORMANCE 
THE BOTTOM LINE 

Accuracy. Very simply, the best. 
The ACD /John Meyer 

Clarity. Studio Monitor System. 
A reference you can trust. 

Power. Meyer Sound Labs, Inc. 

2194 Edison Ave., San Leandro, CA 94577 (415) 569 -2866 
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alternatively be used to display the contents of 
any floppy disk. 

The synthesizer also provides multitrack 
record /playback capability. An unlimited 
number of polyphonic tracks can be recorded, 
stored on floppy disk and replayed; up to four 
tracks may be played back simultaneously. A 
unique music scorer feature displays on the 
video screen, in conventional notation, music 
performed on the keyboards. Other features 
include: real time sustain and vibrato controls, a 
metronome /click track, an arpeggiator and 
peak level indicators. 

CON BRIO DIGITAL 
MUSIC SYNTHESIZERS 

SUITE 313 
975 SAN PASQUAL STREET 

PASADENA, CA 91106 
(213) 795 -2192 

for additional information circle no. 78 

TWO NEW TASCAM 
DECKS FROM TEAC 

The 22 -4 is a compact 4- track, 15 ips recorder 
with sync, and features function and output 
select, headphone monitor select, and pitch 
control. Options include the FP -70 dbx 
interface, and RP -22 remote pause controls. 

The 22 -2 stereo machine features expanded 
scale VU meters, 15 ips speed, independent 
monitor and record safe /ready controls, 
detachable head housing, and optional RP -22 

remote pause control. 
Both units are three -motor /three -head 

transports with precision moulded reel tables 
and spring - loaded reel holders. The 22 -4 has a 

suggested retail price of $1,425.00, and the 22 -2 

is $750.00 
TEAC CORPORATION OF AMERICA 
7733 TELEGRAPH ROAD 

MONTABELLO, CA 90640 
(213) 726.0303 

for additional information circle no. 79 

ULTIMATE SUPPORT TRIPOD 
STAND AVAILABLE FROM ROLAND 
Design of the KT -20 Ultimate Tripod Stand is 

said to be simple but practical. Since not every 
situation calls for the same speaker height, the 
Ultimate Tripod Stand has infintely adjustable 
height up to 110 inches. The base diameter is 

also adjustable, making it ideal for limited space 
situations; maximum base diameter is 62 inches, 
which provides good stability for any size 
speaker. 
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An optional four -inch square mounting 
bracket securely holds any bottom- mounting 
speaker. Two optional adapters modify the 
bracket to allow the KT -20 to hold Peavey /Bose- 
style speakers. Retail price is $120.00. 

ROLAND CORP. U.S. 
1285 MARK STREET 

BENSENVILLE, IL 60106 
(312) 595-8540 

for additional information circle no. 80 

AUDIO & DESIGN S25 DE -ESSER 
LATEST ADDITION TO SCAMP RANGE 

Working on a band -splitting principal, the 
S25 De -Esser module takes the incoming signal 
and splits it into two components: the "main" 
and the "ess" band. The "ess" band was defined 
after many hours of research by the Audio & 
Design R &D department, using live mike and 
recorded tapes of varying voice types and 
combinations. 

The side chain has a sharply tuned variable 
filter which can be swept over the 5 kHz to 15 

kHz range, and has characteristics that 
essentially sense the presence of the "ess " -ness 
of a signal. 

Three controls are provided: Frequency, 
variable from 5 to 15 kHz; Threshold, variable 
from -30 dBm to completely insensitive; and 
Depth (of the notch and the shelf), variable 
from 0 - 20 dB. 

Unliked de- essers that use limiters and pre - 
emphasis network - and consequently lower 
the gain overall to minimize the effect to de- 

essing - the Scamp S25 De -Esser module 
actually attenuates only the "ess" frequencies 
which have been selected by the user, within 
certain parameters. The two channels may be 

used separately, in stereo, or in series offering 
the advantage of sensing at two frequencies. 
List price: $480.00. 
AUDIO & DESIGN RECORDING, INC. 

P.O. BOX 786 
BREMERTON, WA 98310 

(206) 275 -5009 

for additional information circle no. 81 

HIGH- FREQUENCY HORNS AND 
ENCLOSURES FROM RENKUS -HEINZ 
The new high -frequency enclosures are 

claimed to be solidly constructed and 
attractively carpeted for maximum wear 
resistance, and connect easily to any woofer 
section. One version comes complete with 

NOW HEAR THIS 

has 10 reasons you should consider 
before your next pro -audio purchase. 

PRS is an organization 
of sales consultants 
specializing in: 

Professional Sound 
Reinforcement 
Multitrack Recording 
Radio Broadcasting 
Various Industrial 
Applications 

Professional audio con- 
sultation is available 
both before and after 
the sale. 

Construction and in- 
stallation specialists. 

Quick field service and 
system diagnostics 
availability. 

Design capability for 
individualized public 
address and custom 
studios. 

Competitive pricing, 
including system 
discounts. 

Complete array of 
professional equipment 
availability. 

Soundroom for equip- 
ment component 
demonstrations and 
comparisons. 

Warranty service and 
complete mainten- 
ance available on an 
In -house basis. 

No charge diagnostics 
procedures on 
purchases both old 
and new 

0 

Our group represents over 45 years of collective professional audio experience 
and reflects personnel who are dedicated to providing the finest acoustical ó 
systems available. The success of your activities directly affects the success of ours. S 

o 
O 

a 
o 

Professional Recording &Sound 

1616 Soldiers Field Road, 
Boston, Mass. 02135 
(617) 254 -2110 

horn, driver, high -pass network, continuous 
attenuator and provisions for bi -amp use. The 

other comes with horn and connector plate 
only, and provides complete flexibility in the 
selection of drivers and matching high -pass or 
high- and low -pass networks. 

The new two -inch throat horn is based on the 
proven configuration of other Renkus -Heinz 
horns. It has a cutoff -frequency of 800 Hz and is 

designed to accept the Renkus -Heinz SSD 3300 
or other two -inch throat drivers with standard 
four -hole flange mount. 

RENKUS -HEINZ, INC. 
17891 SKYPARK CIRCLE 

IRVINE, CA 92714 
(714) 540-3154 

for additional information circle no. 82 
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NEW CABLE MARKING 

SYSTEM FROM WIREWORKS 
Bandits" are unique identification markers 

that prominently display the name of your studio 
or company on Wireworks microphone cables. 
Each of five Bandit colors indicates a specific 
cable length, eliminating all confusion. 

Wireworks microphone cables, personalized 
with Bandits," provide an effective low -cost 
means of publicizing the company's name. Your 
imprint, hot -stamped on the Bandits,' also 
solves the problem of guessing who owns what 
cable! 

Cables are available in five lengths, from 5 to 
100 feet. Marking costs as little as 25 -cents per 
cable. 

WIREWORKS CORPORATION 
380 HILLSIDE AVENUE 

HILLSIDE, NJ 07205 
(201) 686-7400 

for additional information circle no. 84 

MITSUBISHI ANNOUNCES PRICES 
FOR DIGITAL RECORDERS 

Now available ex -stock for immediate 
delivery, the X -80 portable 2- channel PCM 
recorder is priced at $25,000, the X -80A console 
2- channel PCM recorder is $27,000, and the 
DDL -1 digital delay unit $9,000. The first 
delivery of the X -800 32- channel PCM recorder 
is expected very shortly. Mitsubishi also reports 
that it is completing its line of professional audio 
hardware in a few months with the introduction 

of a PCM electronic editor and a completely 
digital mixing console. 

For the next two months the company is 

offering what it describes as a very exciting and 
unique opportunity to the professional 
recording industry. For a period of two weeks it 
will allow the use of their X -80 PCM system for 
recording and mastering projects at no charge. 
All the company asks is inclusion of its logo on 
the record jacket, and 100 copies of the release 
for promotional and evaluation purposes. 

This service is subject to availability and 
approval, but will provide an important 
opportunity for a studio to gain hands -on 
experience with digital recording equipment. 

MITSUBISHI ELECTRIC SALES 
AMERICA, INC. 

7045 N. RIDGEWAY AVENUE 
LINCOLNWOOD, IL 60645 

(312) 982 -9282 

for additional information circle no. 86 

PANASONIC /RAMSA 
RECORDING MIXING CONSOLES 
Providing 12 to 16 inputs and four group 

outputs for four- or eight -track recording, the 
WR -8812 mixer's important features include 
100 mm sraight line faders, three -band 
adjustable frequency equalizer, extremely 
Flexible input and output facilities, and all - 
modular construction. 

Input modules also feature electronically 
balanced mike input circuits, input level switch 
for mike, mike -pade and line with trim control, 
phase switch, phantom -power switch and high, 
mid and low adjustable frequency equalization, 
insertion patch point, direct output, peak 
indicator, channel assignment switch with 
panpot and lockable post -fader solo button. 

The group module provides return input at 
each group, and dual direct line inputs for mix 
down and send. The echo send module 
includes two echo return inputs with level 
control, panpot and buss assignment, send 1 
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nexpensive 

EXPANDABLE 
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Interface Port 

INTERCHANGEABLE PLUG -IN FILTER SETS 
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ANSI 5111 1971 
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and 2 with level control, and panpot and master 
echo level control. 

In addition, the WR -8812 Ramas Recording 
Mixing Console is equipped with a full eight - 
channel monitor module, talkback module and 
such other features as XLR -type connector for 
mike inputs and pin jacks for all other inputs 
and outputs, and four 14-point 3- colored LED 
bar graph meters. 
Ramsa Recording Console 

A highly flexible unit, the new WR -8210 
console offers 10 inputs and four group outputs 
for four- and eight -track recording. Other 
features include three -control variable 
frequency equalizer providing high, mid, low 

frequency adjustments, EQ bypass switch, 
channel mute, insertion patch point, direct 
output, and peak indicator on each input, and 
stereo effect input with level control and bus 
assignment switch. 

Utilizing its unique system, the WR- 8210's 
"sub -in" section can be used for monitoring 
during recording, as well as creating a stereo 
echo send during the mixdown. The panel also 
offers four 14 -point LED bar graph meters for 
group output, panel stereo headphone jack, 

please mention .. . 

YOU SAW IT IN R -E /P 

XLR -type connector for mike input and RCA 
pin jack for other inputs and outputs. 

PANASONIC 
50 MEADOWLANDS PARKWAY 

SECAUCUS, NJ 07094 
(201) 348-7000 

for additional information circle no. 88 

NEW VENTED BOX CABINETS 
FROM EASTERN ACOUSTIC WORKS 
The new VB Series with interchangeable 

tuning assembly allows a single cabinet to be 
used with most of the commercially available 
bass drivers, while providing optimum 
performance that will satisfy over 90% of 
potential vented box application. The new range 
was designed to allow the user to get "off the 
shelf" pricing and delivery on semi -custom 
systems, easily update the system, and maintain 
proper alignment should a change of drivers 
ever become necessary. 

Cabinet construction is of crossgrain 

for additional information circle no. 87 

and we've 
got them 
Kdisc's new tandem 
VMS 80 Neumann lathes 
are only part of our 
overall committment 
to the finest in disc 

mastering facilities, 

equipment and service. 

K dIIII s C 

nrcowerng 
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td _15 mikes by mail? for less? 
why not!TM 

cued mad .wrd 
The Mike ShopTM now sells audio equipment 

as well as mikes by mail! for less! 
Witte or call us with your requirements or for our 'ce sheet. 

The Mike ShopTM 
PO Box 366T, Elmont, NY 11003 (516) 437 -7925 

A Division of Omnisound Ltd. 

The Model 201 is the limiter that 
doesn't limit - doesn't limit smooth- 
ness, doesn't limit versatility, doesn't 
limit your control over your signal. 

It does limit program peaks to a 
preset ceiling value while main- 
taining the average program level 
within desired limits. Indepen- 
dently. It does limit distortion. It 
does give you repeatable settings 
with controls calibrated in db. 

That's why the Model 201 Audio 
Limiter is favored by recording 
studios and broadcast production 
facilities, both in this country 
and overseas. Another thing they 
like Is the price: only S480. 

To find out more about the 
(Un)Limiter, call or write us today. 

Inovonics Inc. 
503-B Vandell Way Telephone 
Campbell, CA 95008 1408) 374 -8300 

December 1980 O R -e' p 100 

laminated birch with 18 plys to the inch, thereby 
decreasing the chances of chipping or shattering 
on exterior surfaces. Internal surfaces are lined 
with 31/2-inch damping material to absorb 
reflections, while internal bracing minimizes 
vibrations, even at high drive levels. 

The VB -125 is intended for use with a single 
15 -inch driver, appropriate for on- stage, studio 
bass guitar systems or low- frequency near -field 
concert sound applications. The VB -225 Series 
has three options: one box designed for two 12- 

inch bass drivers; one accepting one 15 -inch and 
one 10 -inch; and another two 15 -inch drivers. 
The VB -335 Series can house one 18 -inch 
driver, one 18- and one 12 -inch, or one 18- and 
two 10 -inch drivers. 

Standard features include scuff and water 
resistant exterior, recessed handles and 
reinforced corners, hardware and quick- change 
clamp for efficient conversion. 

EASTERN ACOUSTIC WORKS 
59 FOUNTAIN STREET 

FRAMINGHAM, MA 01701 
(617) 620 -1478 

for additional information circle no. 91 

JBL PROFESSIONAL SERIES 
LOW- FREQUENCY LOUDSPEAKERS 
The new 2240H Sound Reinforcement and 

2245H Studio Monitor are 18 -inch loudspeak- 
ers that feature JBL's recently -developed 
Symmetrical Field Geometry (SFG) flux - 

stabilized magnetic structures, new high 
temperature adhesives, and composite voice 
coil formers. Both units are rated at 600 watts 
continuous program. 

Equipped with a new die -cast aluminum 
frame and integrally stiffened cone with cloth 
surround, the 2240H offers high power handling 
capability, minimum distortion, and optimum 
low- frequency linearity. Sensitivity through the 
midrange is controlled for balanced high - 
efficiency and bass response. As a result, the 
2240H performs well in ported enclosures or as 

a horn driver. Frequency range is a quoted 30 
Hz to 2 kHz. 

The 2245H is designed for us in custom 
studio monitors or other applications requiring 
high sensitivity and high power handling 
capacity, and low distortion. Like the 2240H, it 
also incorporates a new die -cast aluminum 
frame and integrally stiffened cone. The motor 
assembly of the 2245H is equipped with a long, 
one -inch deep voice coil for maximum 
excursion linearity. Frequency range is a 

quoted 20 Hz to 2 kHz. 
JAMES B. LANSING SOUND, INC. 

8500 BALBOA BOULEVARD 
NORTHRIDGE, CA 91329 

(213) 893 -8411 
for additional information circle no. 92 
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e Products 

CERWIN -VEGA SW -18 
STUDIO MONITOR 

The new SW -18 is a precisely calibrated low - 
frequency control room monitor, designed to 
augment and, it is claimed, dramatically 
improve the performance of any available studio 
standard. The system consists of a special - 
purpose 18 -inch driver (189SC Stroker,'" 
available in 4 or 8 ohms), mounted in a direct 
radiating vented enclosure, tuned maximally flat 
to 28 Hz. An auxiliary high -pass filter and bass 
equalizer is also provided. 

Bass response is said to be exceptionally well - 
behaved, with no low- frequency peaking when 
operated under 1/2 to 3/8 -space conditions, and 
is extremely flat over its nominal operating 
bandwidth of 30 Hz to 100 Hz (±1 dB). Any 
harmonic distortion at 30 Hz is under 1% with 
inputs of 150 watts or less. 

Heart of the new system is the Cerwin -Vega 
1895C Stroker,'" designed for use in the highest 
quality sub -woofer applications where 
exceptionally linear, low- distortion output is 
required into the 20 - 30 Hz region. Of special 
interest is an adjustable, dual- spider alignment 
system, which allows precise longitudinal 
stabilization of the voice -coil in the gap (patent 
pending). 

The SW -18 is designed to utilize low - 
frequency bi- amplification at a crossover point 
of 100 Hz or lower. Crossover function between 
an SW -18 and standard monitor may be 
accomplished by cascaded Cerwin -Vega CX -2 
low -level passive filter sets. 

CERWIN -VEGA 
12250 MONTAGUE STREET 

ARLETA, CA 91331 
(213) 896 -0777 

for additional information circle no. 93 

boo report 
SOUND RECORDING PRACTICE 

A Handbook Compiled by the 
Association of Professional 

Recording Studios 

Edited by John Borwick 

This book is a compilation of twenty -five 
chapters by twenty -one authors - all of whom 

are British. The Forward declares that it's 
purpose is to "provide a useful digest of the 
present state of the recording art," for those 
engineers and producers who don't have the 
time to sift through all the magazines, books and 
brochures. It also claims to meet the needs of 
novices in the various professions. This seems 
to be what the book is best suited for. In fact, 
this is the book's second edition, the first having 
been published in 1976, which means that all the 
articles had to have been started no later than 
the middle of 1975. That makes a lot of it around 
six years old to begin with. For the second 
edition two new chapters were inserted; one on 
Remote Control and Automation; and the other 
on Digital Techniques. 

The first chapter is the Program Chain. It has 
a clear definition of what a new entrant would 
need to be familiar with in order to grasp the 

overall picture. There are several other fairly 
good chapters, including The Microfilm 
Circuits, Mixing Consoles, Extra Facilities 
(Outboard Gear), Tape Machines and Disc 
Cutting. After these chapters, a lot of the book 
seems to be mostly of use to the second 
engineer or tape -op who is still figuring out 
where all the pieces go. For someone who knew 
nothing about recording, the book would be 
over his head. On the other hand, anyone who 
had been at it for more than a few years, and had 
done any studying on his own, would find most 
of the book to be information that he should 
have known already in order to be at least of 
minimal competence. 

I guess I'm speaking more from the engineer's 
point of view. The book could be more valuable 
to someone wishing to understand the 
recording functions in order to improve their 

Since 1941, audio professionals have been discovering 
that AB Pearl Mikrofon Laboratorium of Sweden make 
some of the finest quality microphones in the world. 

Under our new name we're proud to introduce the same 
old thing: precision craftsmanship, superlative perfor- 

The Swedish 
mance 
has changed 

and value. 
but our 

Our 
dedicaname - 

Steal Has A 
tion to provide the audio pro with 
aasuperior alternative has not. 

New Name 1 1 I 
¡ Whether it's 

the DC -63 vari- 
able pattern dual- membrane condenser, the DC -96 cardi- 
oid condenser, VM Series condensers, F -69 dynamic, CL -4 
electret or an XY stereo mic, your professional audio dealer 

should be contacted to 
give you a chance to 

r audition for yourself ir the performance rr + and value of the 
X Swedish alter - 

native: ,yµß_ MILAB. 

DC 96 

MiuB 
We're Still The Swedish Steal! 

For product information write o- call your nearest MILAB distributor: 
Worldwide Marketing-Creative Trz fle CTAB AB. Knutsgatan 6. 5.265 00 Astorp. 
Sweden. Tel. 42/515 21 

United States -Cara International Ltd_ P0. Boe 9339. Marina del Rey. California 90291. 
Tel (2131 821-7898 
United Kingdom- Future Film Developments. PO Boe 485. London WI R. Tel (Oil 437-1892 
Australia- Werner Electronic Ind Pty Ltd . PO. Box 98. Kilkenny. S.A. 5009. Tel. (081268 2766 

O 1980 MILAB 
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own performance in the studio (i.e. musicians or 
producers). It is also, of course, slanted with a 

peculiar European bias (excuse me). Not to say 

that that's bad, but just that some of their 
methods are a lot different from ours. It seemed 
that a lot of the material was not on the cutting 
edge of today's high -technology. After all, a lot 
has happened in the last six years. Many of the 
illustrations were dated, and perhaps a third of 
the charts could have been clearer. If they 
expect to sell this outside England they could 

1981 Pro-Line Guide 
A comprehensive 64 pg. color guide to al 

Carvin Pro-Line equipment including illustra 
tions, technical information and specifica 
tions with Special Direct Prices. 

Carvin's new products for the 80's include 
double neck guitars, modular power amps up 
to 700w RMS. Recording and road mixing 
boards, JBL Pro speakers, bi-channel tube 
guitar amps, Parts, plus much, much more. 

As we introduce you to the finest Pro Equip- 
ment available, you'll appreciate Carvin's 
policy of selling Direct for exceptional values. 

Write:CARVIN Dept. RP80, 155 Industrial Ave., 
Escondido,CA 92025 Phone: (714)747 -1710 

CARVIN FREE CATALOG 

Name -_ 

Address _ 

City - 

Stale Lp RP80 

have included comparable terminology from 
other countries. 

To me, the best chapter is the one on 
Classical Music, by Trygg Tryggvason, and 
Speech and Drama, by Derek Taylor. They are 
two areas with which I personally have had little 
contact. I throught the Classical chapter to be 
possibly the best written of all. I'm sure other 
readers will find other chapters as useful, 
depending on what it is that's missing from their 
experience. I am also sure that all the gentlemen 
authors are noted for their expertise in their 
particular field, but in each chapter we get little 
more than an overview. Some chapters are not 
as useful to the recording engineer; more 
material in the pertinent chapters would have 
been. (The chapter on producing, for instance 
would have been more useful to a lot more 
engineeres if it had covered a contemporary 
session instead of a classical one. And did we 
really need a chapter on tape duplication ?) 

Several of the authors, when explaining why 
they did some procedure, would often point out 
only their particular form or format, leaving out 
the general content. Maybe this was due to the 
necessary brevity of the chapters. One 
equipment manufacturer felt he had reviewed 
all the possible features that might be included 
in his product; nevertheless he did not review all 
the possible features available then or now. Or 
take the case of the author who said he always 
uses a U -47 for guide vocal because "it 
[presumeably the leakage or 'spillover] may 
add a little presence ... on the final mix." How 
much presence can it add to the mix if the rough 
vocal is replaced by the Master Vocal as it 

usually is? 

All or most of this information has been 
already published in much more comprehensive 
books, such as Runstein's Modern Recording 
Techniques, (a bit outdated now itself but still 
much more informative) and Woram's The 
Recording Studio Handbook. Magazines and 
periodicals are the only ones that can truly be up 
to the minute with new product information. To 
me, this is the kind of book that might do well in 

a college library or as a guide for someone 
building his own small studio. The problem with 
any book of this type is that everything changes 
every six to twelve months; I'm already waiting 
for the book on totally -digital studios. 

Michael Boshears 

Classified 
RATES - $51.00 Per Column Inch - 

(2'!." x 1 ") 
One -inch minimum, payable in ad- 
vance. Four inches maximum. Space 
over four inches will be charged for 
at regular display advertising rates. 

BOOKS 

HOW TO BUILD A SMALL BUDGET 
RECORDING STUDIO FROM 

SCRATCH ...with 12 tested designs 
by F Alton Everest 

Soft Cover ... 326 Pages . 58.95pp 
R -e o Books 

P O Box 2449 
Hollywood. CA 90028 

MICROPHONES - HOW 
THEY WORK AND HOW 

TO USE THEM" 

224 Pages - 97 Illustrations 
$10.95 Hardbound; $6.95 Paperback 

Postpaid 
R -e -p Books 

P 0 Boa 2449 Hollywood. CA 90028 

"THE PLATINUM RAINBOW" 
is available from 

R -e /p BOOKS 
P.O. Box 2449 

Hollywood, CA 90028 
"THE PLATINUM RAINBOW" 

will be shipped post paid upon receipt of 
$10.00 (U.S.) 

In check or money order. 
Or not completely sahshed. return book 
within two weeks for complete refund.) 

Introducing: 

DAS Series 90 Digital PCM Recording, 
Editing and Mastering 
System 

The system is now installed 
at the JVC Cutting Center, in 
Hollywood, and is available for 
sale or rental. 

To arrange for a demonstration 
call or write .. . 

JVC 
Cutting Center, Inc., RCA Bldg. Suite 500 

6363 Sunset Blvd., Hollywood, CA 90028 (213) 467 -1166 
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SOUND RECORDING 
by John Eargle 
JME Associates 

The best book on the techni- 
cal side of recording 
thoroughly recommended - Studio Sound 

355 Pages, Illustrated with 232 tables, 
curves, schematic diagrams. photo- 
graphs, and cutaway views of equipment. 

SP t 45 Carp ardhnuny 
R -e /p Books 

P. O. Box 2449 
Hollywood, CA 90028 

HOW TO MAKE AND SELL 
YOUR OWN RECORD 
by Diane Sward Rapaport 

"A trusty guide through the thickets 
awaiting the ambitious young band or 
mini- record mogul ..." - John Rockwell 

New York Times 
"Without question the best book on the 
subject: definitive, down to earth and 
practical." - Len Chandler & John Braheny 

Alternative Chorus, L.A. 
$11.50 

R-e/p Books 
P.O. Box 2449 Hollywood, CA 90028 

"The book logically progresses from 
basics in the first chapters ..." 

it Is likely that it will become a primary 
reference source for recording engineers, 
producers and, perhaps, knowledgeable 
musicians." 

the new 
BASIC DISC MASTERING 

by Larry Boden 
52 Pages 

Soft Cover, Perfect Bound 
$12 50. U.S., postage paid 

NOW AVAILABLE THROUGH 
R -e /p BOOKS 

P.O. Box 2449 Hollywood, CA 90028 

R -e /p BACK ISSUES AVAILABLE 
Limited Quantity - While They Last! 
April 1975 Volume 6, No. 2 
December 1975 Volume 6, No.6 

February 1976 Volume 7, No. 1 

August 1976 Volume 7, No. 4 

August 1977 Volume 8, No. 4 

December 1977 Volume 8, No. 6 

February 1978 Volume 9, No. 1 

June 1978 Volume 9, No. 3 
October 1978 Volume 9, No. 5 
December 1978 Volume 9, No. 6 

August 1979 Volume 10, No. 4 

February 1980 Volume 11, No. 4 
April 1980 Volume 11, No. 2 

June 1980 Volume 11, No. 3 
August 1980 Volume 11, No. 4 
October 1980 Volume 11, No. 5 

$2.50 each 
Mall orders to: R -e /p 

P.O. Box 2449 Hollywood, CA 90028 
Foreign orders payable in U.S. funds only by bank 
check or money order. Foreign checks requiring 
collection fees paid by R -e /p will not be accepted. 

HANDBOOK OF 
MULTICHANNEL RECORDING 

by F. Alton Everest 
320 pages - 201 illustrations 
The book that covers it all .. . 

a comprehensive guide to all facets of 
multitrack recording ... acoustics .. . 

construction ... studio design .. . 

equipment ... techniques ... and 
much, much more! 

Hardbound $10.95 Paperback $9.95 
R -e /p Books 

P.O Box 2449 Hollywood, CA 90028 

EQUIPMENT WANTED 

WE HAVE BUYERS 
For Multitrack Recorders 

Consoles Outboard 
Gear Mics 

Summit Audio 
PO. Box 1678 Los Gatos, 

CA. 95030 (408) 353 -2932 

EQUIPMENT FOR SALE 

SYNC BEEPS 
J . ¢kly affix audible a visible sync indication on any mag. 

ow,: film or lape Easily removable . lape prerecorded 
aih high -level 1000 Hi lone backed with special pressure 

rositive adhesive Industry -wide acceptance Send 53 75 
postpaid packet containing 20 strips totaling 10035mm 

Ames CA res add 6% tax Dealer inquiries invited 
COGSWELL LABORATORIES 

Dept R P O Box 9374 Glendale CA 91206 

One dbx 216/24, 24 channel noise re- 
duction system with spare modules and 
cables $11,500.00. Two dbx model 
216's, 16 channel noise reduction sys- 
tem with cables $8,500.00 each. Call: 

WESTBROOK AUDIO, INC. 
11836 Judd Court, Suite 336 

Dallas, TX 75243 (214) 699 -1203 

A &M RECORDS 
EQUIPMENT SALE 

- January 24, 1981 - 
9:30 a.m. - 3:30 p.m. 

Used Speakers 
Cabinets 

8 -, 16-, 24 -Track Recorders 
Cable Drums 

Racks 
Mag Transfer System 

Digital Reverb 
Scully Lathe Parts 

and much morel 
1416 N. La Brea Avenue 
Hollywood, CA 90028 

STUDIO "A" 
(plenty of parking In 

back lot) 
Contact: 

BENO MAY 
(213) 469 -2411 

24/16 Track MCI w /AutoLocator II, 
24 channels of dbx, Spectra Sonics 
Console - $45,000.00 - also Full 
Studio for sale. Call - 

(714) 292 -7841 

R -e /p RETAIL SALES DISTRIBUTORS 
Copies of the latest issue of R -e /p may be purchsed from the following dealers: 

0 Hollywood. California - WORLD BOOK AND NEWS, Cahuenga Blvd. at Hollywood Blvd; OP -AMP 
BOOKS, 1033 N. Sycamore Ave. 

O San Fernando Valley, California - SHERMAN OAKS NEWS, Van Nuys Blvd. at Ventura Blvd. 
D San Francisco. California - SOUND GENESIS, 2001 Bryant Street. 
D Tokyo, Japan - TRICHORD CORPORATION, Bunsei Building a3. 1F. 
0 Sydney, Australia - FARRELL MUSIC CO., 506 Pittwater Road, Brookvale. NSW. 

Details of the Re /p Mail ulna program are available by witting: 
Circulation Manager, R -e /p, P.O. Box 2118, Hollywood, CA 90028. 

990 
me8cst Op -Rmp 

Electronic design by Deane Jensen, 
Jensen Transformers 
Packaging and production design by 
John Hardy, Hardy Co. 

LOW NOISE: -133.7dBv Re: 0.775v 
(Shorted input, bandwidth = 20kHz) 

LOW DISTORTION: .005% THD 
(20kHz, +24dBv, gain = 20dB, 
RL = 600 ohms) 

HIGH SLEW RATE: 
18v /uS, RL = 150 ohms 
16v /uS, RL = 75 ohms 

HIGH OUTPUT: 
+24dBv, RL = 75 ohms 

Complete specifications and 
documentation available 

APPLICATIONS INCLUDE 
Input stages (mic, tape, phono, etc.) 
Line outputs (line drivers) 
Summing amps 
Active filters 

DIRECTLY REPLACES 
API 2520 MODULES 

All 990's receive 24 hour active 
burn -in at 100 °C (212 °F) 

MIL-SPEC RESISTORS: RN55D 
(1% metal film, ±100 ppm; 

ULTRA-STABLE CAPACITORS: 
±30 ppm 

41 components on a 1" square 
pc board 

DIMENSIONS: 1.125" sq. x .625" h 

Manufactured by and sold exclusively thru 

THE HARDY CO. 
P.O. Box AA631 

Evanston, Illinois 60204 
(312) 864.8060 
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EQUIPMENT FOR SALE 
continued 

FOR SALE 
All equipment from 8 -track record- 
ing studio. Send self- addressed 
stamped envelope. 

DOUGLAS RECORDING 
16 Greenwood Lane Mf. Iron, MN 55768 

We at Datatronix, Inc., have been 
manufacturing API Professional Re- 
cording Equipment for years now. 
Were committed to continuing our 
production with the same high stand- 
ards of quality and integrity that has 
made API a respected name in the 
recording industry. 

So if you've been missing API. don't 
worry...we're still here and stronger 
than ever. In fact, we even have three 
new and exciting products on the 
drawing boards right now! We'd like 
to give you more information about 
API Products and plans. Write or call 
David Brooks today:1703j 620 -5300. 

r 7 
DATATRONIX INC 

A subsidiary or Art ANTIC Pi SI 

2100 Reston Avenue 
Reston, Virginia 22091 

What 
Wwhat e 

you 
fret... 

For a catalog and a list of over 60 

dealers IO the USA and Canada, contact 

J. G. (Jay) McKnight at 

FOR SALE 
MIDAS CONSOLES 

40x8x2 House PR 03/05 
24x82 Monitor PR 04 

$55,000 O.B.O. - Will sell sep- 
arately. Phone evenings. 

(201) 227 -5878 or (213) 391 -0952 

FOR SALE 
Used phase linear 700B AHPS $450.00 
each, 10 or more $400.00. New and re- 
coned JBL speakers K145, 2205, 2220. 
Also 2440 diaphragms. Other equipment 
available. Call Dave at - 

CLAIR BROTHERS AUDIO 
(717) 733 -1211 

New MCI JH- 110 -A -8 Eight- Track, one - 
inch recorder, $8,500.00. Orange 
County Vocal Stressor with DEC) or SEC) 
module. One Orange County CLX Com- 
pressor Limiter. One HFL Module. One 
Orange County HFL Module. One Or- 
ange County FR -1 Frame. One Orange 
County FR -2 Frame. Will sell at dealer 
cost. 

WESTBROOK AUDIO, INC. 
11836 Judd Court, Suite 336 

Dallas, TX 75243 (214) 699 -1203 

AMPEX, OTARI, SCULLY 
In stock. all major professional lines. 
top dollar trade -ins; 15 minutes George 
Washington Bridge. 

PROFESSIONAL AUDIO 
VIDEO CORPORATION 

384 Grand Street Paterson, NJ 07505 
(201) 523 -3333 

FREE CATALOG L AUDIO APPLICATIONS 
CON501 

KITS a 
15 

Wu1D 
AMPI lr 1115 

IC 10 ACN LINE. 
TAPE DISC POWII 

OSC ILL A TOCS 
UDIO. TAPI CIAs 

OWI1 SUPPLIES 
1077 N SCO11 AVF 
LOS 561115 ( 5007E 

14 2566 
I® ( )P1 \I I' 

FOR SALE 
AMPEX 440 2 -track 1/4" tape recorder 
with new dual track electronics and 
remote control in all functions. Excel- 
lent sound recording and editing mach- 
ine in mobile console. $2,650. 
CINEMONTA 16 mm 8 plate flatbed 
editing table for sale or lease. Machine 
in like new condition with 2 large 
picture heads, 3 mag heads with mix 
quality sound plus optical sound. Cine- 
monta is comparable to Kern or Steen - 
bek in quality and features. Retail 
price, $26,000. Selling for $21,500. 
STELLAVOX 1/4" sync -sound recorder 
with Sennheiser 815T shotgun and 
Electro -Voice RE -11 microphones and 
numerous accessories and cases. 
$3,900. 

(213) 396 -9159 

FORECLOSURE SALE 
16- TRACK /24- CHANNEL STUDIO 

Fully operational and beautifully equip- 
ped from Scully's to 6' grand piano. 
Loaded. Owner financed. $25,000 down/ 
$41,000 full price. Tampa, Florida. Info 
by phone: 

EQUITY, INC. (813) 872 -8381 

When you subscribe to R -e /p .. . 

You'll be starting a useful reference library pertaining to the recording industry. 
We will be delighted to enter your subscription to R -e p upon receipt of your order and payment 
(check or money order must be included with your order - we cannot bill for subscriptions). Your 
subscription will begin with the next published issue. (Sorry! We cannot start with back issues.) 
Foreign subscriptions are payable In U S. funds only and must be paid by bank check or money order. Foreign checks 
reguuing collector, lees paid by R -e: p will not be accepted 

Please provide your name. address and Zip code and mail with your payment to: R -e /p, P.O. Box 
2449, Hollywood, CA 90028. Since R -e p is published six times per year, please allow ample time 
to receive your first Issue. 

ONE YEAR (SIX ISSUES) 
United States (surface mail) 515.00 United States (first class mail) 520.00 
Canada S20.00 All Other Countries 525.00 

The MRL Calibration Graph is your proof of 
the quality control that goes Into every MRL 
Reproducer Calibration Tape. We guarantee 
each one to exceed the performance 
requirements of IEC. NAB, AES, and EIA 
Standards. 

MRL Calibration Tapes are designed and 

supported by experts in magnetic recording 
and audio standardization ... we helped write 
the standards. Each tape comes with 
detailed instructions and application notes. 

The MRL catalog includes tapes for all studio 
applications. In addition to the usual spot - 

frequency tapes, we make single-tone tapes. 
rapid -swept frequency tapes, wideband or 

1 /3rd octave-band pink random noise tapes 

and difference -method azimuth-setup tapes. 
Most are available from stock. 

r 

Magnetic 

Polaris A e. C u 94043 

tory, Inc. 

p5u`vlsy 
l VaLOe' 

14151965-8187 
tabe 
.1 

Exclusive Export Agent: Gotham Export Corp, o 

New York, NY - 
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IN STOCK 
FOR IMMEDIATE DELIVERY ... the amazing new E -V SENTRY 100 

compact monitor system! 
Now is the time to reserve one of the 
NEW ADR Gemini EASYRIDER dual 
compressor /limiters, mono /stereo oper- 
ation, same great ADR sound! 
We also have a limited number of (NEW!) 
Shure 'GREEN BULLET' mikes arriving 
soon. Reserve yours now; this is a once - 
in-a- lifetime offer! 
... as well as Lexicon, SESCOM, Ampex, 

Auratone, Countryman, Accessit, 
RAMSA and much, much more! 

Call of write NOW to place your order. 
THE MIKE SHOP 

P.O. Box 366Y Elmont, NY 11003 
(516) 437 -7925 

FOR SALE - 
PM1000 -24 with road case 

$7,500.00 
Call Sound on Stage 

(415) 468 -2990 

Reliable Music 
The Finest in Professional Audio 

With Service fo Back it Up! 
Crown JEL T;r.caa, 1. ac: Yamaha 
Ramp. Technics. Orban. Gauss. Eventide. 
DBX, Urei. Neumann. AKG, Sennheiser, 
Beyer. Sony, Shure. Otan, Micmix, MXR. 
Tangent. RTS Systems. Revox, Cetec -Vega. 
E -V, Omni-Craft. Symetrix, Sescom. Ursa 
Malor. Whirlwind. Audin-Technica. Ampex 

vs/ 
(704) 375-8662 

1001 S. Independence Blvd. 
Charlotte, N.C. 28202 J 
FOR SALE 

NEUMANN VG 66 Disc Cutting Sys- 
tem - AM 32 B 1/2 speed lathe. 
Sx68 head w /tube electronics Tele- 
funken master machine with trans- 
fer panel. Priced to sell. Write: 

Box PNH 
c/o R -e /p 

P.O. Box 2449 O Hollywood, CA 90028 

THE GREAT 
BRITISH SPRING .. . 

Full- stereo reverb -in -a -tube for $649.00 
list price! "Best gizmo at the NY AES 
show that represents a real and useful 
improvement...Surprisingly full sound!" - the Boston PHOENIX 

$1.50 (refundable) brings 
demo cassette. 

THE MIKE SHOP 
P.O. Box 366V Elmont, NY 11003 

(516) 437 -7925 

IN STOCK NOW! 
Phone for IMMEDIATE DELIVERY 

STUDIO FOR SALE 

CLASSIC HOME, ideal location for 
work and play. Recording studio 
900 sq. ft. in daylight basement 
with outside entrance. For purchase 
price and particulars: 

STUDIO 
Box 30012 Seattle, WA 98103 

EMPLOYMENT 

AUDIO EQUIPMENT TECHNICIAN 
(Job No. 80- 08 -11) 

for diverse music program at the Univer- 
sity level. Minimum 2 years experience in 
equipment installation, maintenance 
and test bench; classical recording, 
sound -reinforcement and production; 
inventory and supervisorial skills. Send 
resumes to: 

Personnel Office 
University of California 
Santa Cruz, CA 95064 

Final Filing Date: January 5, 1981. 

RECORDING SERVICES ENGINEER: 
Eastman School of Music. Responsible 
for operational and preventive mainten- 
ance of professional recording equip- 
ment, control room, studio, remote 
recording and sound reinforcement 
equipment, tape duplicator, closed - 
circuit television, tape -to -disc transfer 
system and multitrack recording equip- 
ment and auxiliary equipment. Requires 
proficiency in use of all types of test 
equipment such as VTVMs, oscillators, 
oscilloscopes, harmonic and intermod 
distortion meters, wave analyzers, and 
digital technology. 5 plus years of exper- 
ience in professional studio and remote 
recording maintenance operations pre- 
ferred. Submit resume to: Personnel 
Department, Box 636V, University of 
Rochester, 260 Crittenden Boulevard, 
Rochester, NY 14642. 

An Equal Opportunity Employer (MIF) 

ELECTRONIC DISC 
MASTER TECHNICIAN 

Four years experience operating disc 
master system. Technical engineering 
and maintenance of electronic equip- 
ment. Forty hours per week - $10.00 per 
hour. Send resume to: The Tape Works, 
621 Farmington Ave., Hartford, CT 
06105. 

ENGINEER 
Innovative full service 24 -Track Re- 
cording Studio has position available for 
music mixer. Extensive experience 
required. Salary commensurate with ex- 
perience. Excellent benefits. Contact 
Jim Dolan or Cindy Rowe. 

STREETERVILLE STUDIOS, INC. 
161 E. Grand Ave. Chicago, II 60611 

(312) 644 -1666 

EMPLOYMENT 
WANTED 

NEED A STUDIO MANAGER? 
Experienced successful young man 
currently employed as a mixing engin- 
eer for top recording artist, seeks posi- 
tion as studio manager or general man- 
ager for recording production and pub- 
lishing company, wanting to sunstan- 
tially increase profits. 
Seven years record business experience 
in management, record production, 
engineering, marketing, distribution, 
promotion, etc., with major labels and 
top recording artists. Prefer Southeast. 
Will consider all territories. 
Please respond to: 

DAN AGNEW 
21722 Roscoe Boulevard, #4 

Canoga Perk, CA 91306 (213) 462 -5955 

PRO 

fi@3AUDIO 

Recorders 

Consoles 

SMPTE 

Automation 

And over 55 lines including: 
AKG, Ampex, Annis, Aura - 
tone, Beyer, BGW, DBX, 
Deltalab, ElectroVoice, 
Eventide, Gauss, !vie, JBL, 
Klipsch, Koss, Leader, Lex- 
icon, Master Room, MRL, 
Neumann, Orban, Otari, 
Revox, Roland, Sequential 
Circuits, Scotch, Senn - 
heiser, Shure, Sony, Sound 
Workshop, Stanton, STL, 
Tangent, Tapco, Tascam, 
Teac, Technics, UREI, Vega 

PrtoAUn1O, 
Professional Audio Equipment and Services 

(206) 367 -6800 
11057 8th NE, Seattle, WA 98125 
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newt 

We've 
got if. 
The Belden 42 Pair Cable. 
Ends multiple wiring 
problems in the studio and 
on stage. Available in bulk 
or with custom plug 
configurations. 

whirlwind 
Whirlwind Music Inc. 
PO. Box 1075 
Rochester, New York 14603 
(716) 663-8820 

Jensen transformers 
H 

Wide Bandwidth 
Minimum Transient Distortion 

Low Noise 

...... 
tx,!«n,sn:uq It0 is" 

mWt.trimlpméri 
widi2uSiimnliller 

Years of transformer manu- 
facturing and design experi- 
ence, combined with computer 
assisted technology, have en- 
abled us to make a significantly 
audible improvement in the 
performance of audio trans- 
formers. 

Write or call for information 
10735 BURBANK BOULEVARD 

N. HOLLYWOOD, CA 91601 
(2131876 -0059 

(Visitors by appointment only - Closed Fridays) 
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MAKER OF THE MICROPHONE AWARD TO AVERY FISHER 
Audio pioneer Avery Fisher (right) has become the seventeenth recipient of the Maker of the 

Microphone Award, presented annually by Oliver Berliner, grandson of Emile Berliner (inventor 
of the microphone and the disk record), for "an outstanding contribution to the world of sound." 
Immediately after the close of World War II, Avery Fisher introduced the first mass -produced 
high fidelity consumer audio products which led to the massive hifi equipment business of today. 

The trophy depicting Emile Berliner's first microphone, disk record and gramaphone, will be 

presented but twenty -five times, commemorating the fact that Mr. Berliner was only twenty -five 

years of age when he invented the loose- contact microphone. 

DEATH OF APRS CHAIRMAN 
JACQUES LEVY 

Jacques Levy died on Friday, October 17, 

aged 68. He will be missed and mourned by his 
many friends in the industry and the world of 
music. 

At any early age Jacques' flair as an 
entrepreneur involved him in organizing 
gramophone recitals held in a local hall. 

During World War lI he served with the 
Armed Forces as the Army's Official - one and 
only - sound recording engineer. Sound from 
Forces concerts was recorded direct to discs. 
There were no retakes nor overdubbing, and 
the art was to change machines at a suitable 
pause. 

On cessation of hostilities Jacques and his 
brother created Levy's Sound Studios in 
Central London. The business was eventually 
sold to CBS, and for some years he worked for 
that organization as a divisional manager. He 
left to assume the managing directorship of 
London's Command Studios; a remarkable 
project that was, perhaps, a little ahead of its 
time. 

For over twenty -five years Jacques Levy had 
been chairman of the Association of Profes- 
sional Recording Studios, and was instrumental 
in guiding that organization from a small group 
of amateurs to a unique Trade Association of 
which there is no equal worldwide. 

MOBILE FIDELITY SELECTS 
BASF TAPE FOR ORIGINAL 

MASTER RECORDING"' CASSETTES 
Herb Betkin, President of Mobile Fidelity 

Sound Lab, has announced the selection of 
BASF's Professional I1 chromium dioxide tape 
for use in the company's soon -to -be- issued line 
of Original Master' high -fidelity cassettes. The 
new cassettes, like Mobile Fidelity Sound Lab's 

Original Master Recording' LPs, will be state - 
of- the -art limited editions. They will be recorded 
at Mobile Fidelity's new tape duplicating facility 
housed in its Chatsworth, California, 
headquarters. 

Original Master Recording'" high -fidelity 
cassettes will mark a "first" in the technology of 
pre- recorded cassettes, utilizing one -to -one real 
time cassette transfers from an original master 
tape. An exclusive tape transfer process 
developed by Mobile Fidelity Sound Lab is 

responsible for this breakthrough. 
For the initial tape release, Mobile Fidelity will 

be issuing titles in cassette format previously 
available on Original Master Recording'" 
albums: Supertramp's Crime of the Century; 
Pink Floyd's Dark Side of the Moon; Steely 
Dan's Aja; Earl Klugh's Finger Paintings; John 
Klemmer's Touch; and Zubin Mehta and The 
Los Angeles Philharmonic Orchestra's Star 
Wars and Close Encounters of the Third Kind. 

RANDEE INTERNATIONAL FORMED 
TO SERVICE INDEPENDENT 

RECORD COMPANIES 
Howard Massler, president of The Bestway 

Group, has announced the formation of a new 
subsidiary, Randee International Productions, a 

full -service operation formed to fill the needs of 
small record companies and individuals. Allen 
Sherman was named vice president /operations. 

Randee will arrange for minimal single and 
album pressings at a reasonable cost, eight - 
track and cassette duplication, art work, 
printing, fulfillment and mailing, music 
publishing, local, national and international 
distribution, record promotion - literally 
everything needed to issue a record on a 

reasonable budget. 
"With the surge of small, 'boutique' and 

ethnic labels," Sherman stated, "and the growth 
in the number of individuals who have 
something they want to get on record, the need 
for a company like Randee International 
Productions was becoming essential. People 
who want to press small quantities often have 
nowhere to go or are overcharged because no 
one wants to bother with minimal orders. Yet, it 
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is important to the industry that these people 
have their opportunity to be heard and at a price 
that does not penalize them for not being able to 
start out with huge financing. It's equally 
important that this be done by professionals 
who want to encourage them, not rip them off." 

Randee International Productions is the latest 
expansion move by The Bestway Group, which 
is located in Mountainside, New Jersey, and 
whose numerous branches include a pressing 
plant, Bestway Products, Inc., warehousing 
facilities, fulfillment centers, an injection 
molding plant, and Wonderland Records. 
RANDEE INTERNATIONAL PRODUCTS 

870 SEVENTH AVENUE, SUITE 348 
NEW YORK, NY 10019 

(212) 586 -0631 

SPARS ANNOUNCES NEW 
MEMBERSHIP STRUCTURE 

Murray Allen, (Universal Recording Studios 
Chicago) the newly elected president of the 
Society of Professional Audio Recording 

... continued from page 24 - 
d `-r 

Studios (SPARS), has unveiled details of their 
new membership structure. 

Regular Membership includes those in 
business at least two years and having at least 
one 24-track recording facility, and /or a state - 

of -the -art disk mastering establishment, and or 
a facility providing audio for video /film with on- 
line capability of 24 channels. Membership dues 
are $1,000 per year. 

Affiliate Membership includes all other 
professional audio commercial recording 
facilities. Membership dues are $500 per year. 

Advisory Associate Membership includes 
any company presently engaged in providing 
services and /or supplies for the recording 
industry, not qualified for membership in any of 
the above categories. Membership dues are 
$2,500 per year. 
Associate Membership inludes any company 
or individual presently engaged in or utilizing the 
services of the recording industry, not qualified 
for membership in any of the above categories. 
Membership dues are $250 per year. 

SUNSET SOUND (Hollywood, California) has acquired a new EMT 251 digital 
reverb unit and recently saw the completion of NICOLETTE LARSEN'S new album 
for Warner Brothers. TED TEMPLEMAN repeated his role as producer, while JIM 
ISAACSON engineered. ALBERT HAMMOND was also in Sunset laying down 
tracks for his new CBS LP, produced by JIM ED NORMAN and engineered by ERIC 
PRESTIDGE, while DENNIS KIRK was down the hall mixing BETTE MIDLER'S 
Divine Miss M soundtrack album for Atlantic. 6650 Sunset Boulevard, Hollywood, 
CA 90028. (213) 469 -1186. 

TRACK RECORD (Los Angeles) has upgraded its operation with the addition 
of an MCI 24 -track recorder with AutoLocator. The newly 24 -track operation has 
also added a Kawaii seven -foot grand piano to the studio, which features UREI 
Time-Aligned`" monitors, Ecoplate'" reverb, DeltaLab DL -2 and Lexicon digital 
delays, and outboard Kepexes'" and limiters. According to owner /engineers BOB 
SAFIR and TOM MURPHY the totally live room has recently recorded such artists as 
BRIAN WILSON, CHRIS MC VIE, and DENNIS WILSON. 5249 Melrose Avenue, Los 
Angeles, CA 90038. (213) 467 -9432. 

- ACTIVITY - 
ARTISAN SOUND RECORDERS (Hollywood, California) is recording Motown 
Records artist SYREETA as she does solo vocal overdubs for the main title of the 
feature film Loving Couples. Cutting activity by GREGORY FULGINITI at 
Artisan has included the new IAN MATTHEWS LP and the soundtrack album of 
The Stuntman. 1600 North Wilcox, Hollywood, CA 90028. (213) 843 -8096. 
CALIFORNIA RECORDING STUDIOS (Hollywood, California) has been 
recording the new NORM SALEET single for RCA with TED GLASSER 
producing, whileTEDDY CHRISTOPHERSON has been laying down tracks with 
producer BUMPS BLACKWELL and engineer JOHN BRADY. 5203 Sunset 
Boulevard, Hollywood, CA 90027. (213) 666-1244. CAN -AM RECORDERS 
(Tarzana, California) was the mixing location for NICK GILDER'S Rock America 
album. The LP, co-produced by Gilder and KEN MANSFIELD, was mixed by Can - 
Am engineer LENNY WILLIAMSON. Also in the studio is FAST FONTAINE 
being produced for EMI -America by PAUL ROTHCHILD. Engineering on the 
sessions is being handled by BILL GAZECKI. 18730 Oxnard Street, Tarzana, CA 
91356. (213) 342 -2626. DA V LEN SOUND STUDIOS (Universal City, California) 
reports activity includes: MADAME & WAYLON recording tracks for their 
upcoming TV special with conductor GARY SIMMONS and CRAIG GOLDIN 
producing and JEFF BORGESON engineering; and Atlantic recording artists 
SISTER SLEDGE overdubbing strings and horns with HUMBERTO GATICA 
behind the console with producer NARADA MICHAEL WALDEN. 4162 
Lankershim Boulevard, Universal City, CA 91602. (213) 980 -8700. HOUSTON 
RECORDING (Cucamonga, California) supplied its remote truck to the L.A. Street 
Scene this past Fall, recording such artists as THE TWISTERS, THE KING 
BEES, THE BUS BOYS, and SANDY BROWN. Engineering the dates were 
RICH HOUSTON and CHRIS HUSTON. The van was also used by LEE OSKAR 
to record his recent stint at Pasquales for an upcoming live album. Huston and 
Houston were behind the board with GREG ERRICO producing the LP. A recent 
staff addition to Houston is PAULA BLEVINS to the position of sales 
representative. 9340 Foothill, $32, Cucamonga, CA 91730. (714) 987-0379. At 
KENDUN RECORDERS (Burbank, California), REO SPEEDWAGON has 
finished lockout sessions in Studio D, tracking, overdubbing, and mixing their new 
Epic LP. KEVIN CRONIN co-produced with session engineer KEVIN BEAMISH. 
Mastering is now being handled at Kendun by KENT DUNCAN. Also in the studio, 

... continued overleaf - 

AKC D -300 
SERIES 

MICROPHONES 

AKC ACOUSTICS, INC. 
77 SELLECK STREET 

STAMFORD, CT 06902 
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udio Tap? H 
for professionals 

REEL TO REEL TAPE 
Ampex, 3M. All grades. 
On reels or hubs. 

CASSETTES, C- 10 -C -90 
With Agfa. TDK tape. 

LEADER & SPLICING TAPE 

EMPTY REELS & BOXES 
All widths, sizes. 

Competitive! 
Shipped from Stock! 

qsM Ir., ,,i, nc, . , supplies catalog 

Poly 
Corp. 312/298 -5300 

1133 Rand Rd. Des Plaines. IL 60016 
s. 

EVERYTHING 
IN TAPE 

DUPLICATION 

Here's a one -stop shop which 
specializes in duplicating 8- tracks 
and cassettes. Highly trained 
technicians and first -rate equip- 
ment duplicate to your specifica- 
tions. Any quantity. Custom jobs. 
Label printing. Drop ship or indi- 
vidually mail (gummed labels and 
list, please). Competitive prices and 
fast turn -around time. 

Call or write us for your next 
tape duplication job. 

[..I' SPECTRUM 
FIDELITY FM, MAGNETICS 
49 Glenwood Avenue 
Lancaster, PA 17602 
Phone (717)295 -9275 
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Southern California ... ACTIVITY ... continued - 
RUFUS is producing their new MCA LP with engineer JOHN STRONACH, while 
mastering on the new two record set from HEART has been completed by JOHN 
GOLDEN on the Sony digital system. MIKE FLICKER supervised on the CBS 
release. Duncan also performed mastering chores on the latest DOOBIE 
BROTHERS single "One Step Closer," and on NICOLETTE LARSON'S latest 
LP, both for producer TED TEMPLEMAN and Warner Brothers. 619 South 
Glenwood Place, Burbank, CA 91506. (213) 843 -8096. MONTEREY SOUND 
STUDIOS (Glendale, California) is overdubbing LEE RITTENOURS' new 
Elektra- Asylum album co- produced by HARVEY MASON and DAVID FOSTER, 
and engineered by DON MURRAY. Rittenour is also in the studio mixing his 
"greatest hits" package, while DENICE WILLIAMS has just finished the final 
mixes on her latest album for American Recording Company with THOM BELL 
producing and DON MURRAY engineering. 230 South Orange Street, Glendale. CA 
91204. (2131 240 -9046. MUSIC LAB STUDIOS (Hollywood, California) is 
currently recording tracks for ALEX CIMA'S new album, Electric City. Hollywood, 
CA. NSP STUDIOS (Hollywood. California) recently had producer ARTHUR G. 
WRIGHT and Motown vice president and A &R head LEE YOUNG, SR., in for 
final mixes on the upcoming NOLEN & CROSSLEY album, which was produced 
by Wright and HAL DAVIS. 6362 Hollywood Boulevard. Suite 216. Hollywood. CA 
90028. (213) 462-6524. PAUL AKINS (Santa Barbara, California) reports the 
availability of his 16/8,2 track mobile recording van for lease- option /rent. The 
facility is housed in a Winnebago Motor Inn with all standard RV accessories and a 7 
kw generator for self -contained operation. Recorders include a 3M 16/8 machine and 
an Ampex two -track unit; the van can also accommodate video and broadcast links. 
1121 Chino Street, Santa Barbara, CA 93101. (8051 965 -4808. ROOM 335, (Los 
Angeles) LARRY CARLTON'S private MCI -equipped studio, has been the 
recording site for the past seven months for BILL MARTIN'S debut album on 
Lorimar Records. The singer /songwriter is being produced by Carlton himself with 
JAY LEVY acting as executive producer for Lorimar. Los Angeles, CA. RUSK 
SOUND STUDIOS (Hollywood, California) has been recording the CAPITOLS, 
formerly known as GORILLA, with JACQUES MORALI and MIKE ROX 
producing and JUERGEN KOPPERS at the board, while LEE GARRETT has 
been producing himself in tracking and overdub sessions for his upcoming album 
engineered by MONTE SOLOVY. STEVE WOODS recently finished his album at 
Rusk, produced by JACK WHITE with Koppers engineering. 1556 North La Brea 
Avenue. Hollywood, CA 90028. (213) 462 -6477. THE MUSIC GRINDER 
RECORDING STUDIO (Los Angeles, California) has REX SMITH in recording 
for Leber/Krebs management, with LEWIS ANDERSON producing and GARY 
SKARDINA behind the board. Also laying down tracks at Music Grinder is 
CHUBBY CHECKER with JOHN KOVAREK engineering and EVAN PAGE 
producing for Musicon productions. 7460 Melrose Avenue, Los Angeles, CA 90046. 
213)655 -2996. 

Hawaii: 
THE WINERY RECORDING STUDIO (Haiku, Maui, Hawaii) is now open, 

offering 24 -track studio and mobile recording as well as video production and post - 
production services. The operation boasts an Allen & Heath console feeding an 
Ampex MM -1100 24 -track recorder. Two -track machines are by Ampex and Scully, 
with JBL, Altec, and Auratone monitors utilizing Crown and Dynamic Compliance 
amps. Among the processing equipment can be found AKG reverberation, dbx 
compressor /limiters, MXR Double /Flanger, Eventide Instant Phaser," and Omni - 
Craft noise gates. Mikes are by AKG, Shure, Electro- Voice, Neumann, and 
Sennheiser. A variety of keyboards and guitar amps are also available in- house. 
R.R. 2, Box 639, Kaupakalua Road, Haiku, Maui, Hawaii 96708. (808) 572 -1560. 

Canada: 
COMFORT SOUND RECORDING STUDIOS (Toronto, Ontario, Canada) has 

expanded its operation to 16 -track with the purchase of an Ampex MM -1200 
recorder, and is now also offering 16 -track remote recording. The new mobile 
services were provided to record portions of the Heatwave Festival for Lauron Film 
Productions and a concert by RONNIE HAWKINS for Henry Less and Associates. 
THE BOOMTOWN RATS, TODD RUNDGREN, and BURTON CUMMINGS are 
other clients using Comfort Sound. 2033 Dufferin Street, Toronto, Ontario, Canada 
M6E 3R3. (416) 654 -7411. 

Great Britain: 
The Association of Professional Recording Studios announces the following 

members: 
PRODUCER'S WORKSHOP (London, England) opened for business this past 

Spring, and features a 20' x 22' recording area and a 12' x 14' control room centered 
around a Raindirk 26 x 24 console linked to an MCI JH -110 24 -track and Studer B62 
mastering machines. Amongst the ancillary equipment are an Eventide 
Harmonizer "' and Instant Phaser", EMT echo plate, Klark -Teknik ON34 Analogue 
Time Processor, and dbx compressor /limiters. Monitoring is handled by Crown - 
powered JBL speakers. JUDY LONDON is a co -owner of the studio. South West 
London, England. 

EAST ANGLIAN PRODUCTIONS (Essex, England), a voice -over and 
commercial operation that has been in business for five years, houses a 12 square 
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foot recording area with a fully- equipped 24 -track facility currently under 
construction. The present control room houses a Pye SM -8 mixer linked to TEAC 
and Studer recorders. Monitoring is via a KEF /Quad system with an Audio & Design 
F760 Compex compressor /limiter and Master Room Ill spring reverb unit found in 
the side rack. EAP is owner by resident engineer RAY ANDERSON. Essex, England. 

THE BUZZ MOBILE (Hereford, England) is an eight -track mobile recording 
vehicle comprised of a 14 -foot converted caravan towed to remote venues behind a 
van. Hardware in the trailer consists of a 16 -input Studiomaster console feeding 
TEAC Tascam 80-8 half- and Brenell Mini -Eight one -inch machines. A Bandive 
Great British Spring reverb, MXR Pitch Transposer, Eventide Harmonizer,'" and 
Rebis noise gates and compressor /limiters are also to be found in the unit. A closed 
circuit television system provides visual communication with the recording area. 
Owner MARK THOMPSON adds that current plans call for an upgrade to fully 
equipped 16 -track in the near future. Hereford, England. 

THE ROYAL COLLEGE OF MUSIC (London, England) has been granted an 
educational membership in the APRS, and boasts a fully equipped 8 -track control 
room that can be used for sessions in a full sized concert hall, recital hall, opera hall, 
and the Museum of Instruments, all adjacent to the college. The board is a Raindirk 
10 x 14 linked to TEAC 4 -track machines and a Brenell Mini -8 multitrack. Quad 
Electrostatic speakers are powered by H/H amps for monitoring. LAWRENCE 
CASSERLEY is the studio director for the Royal College of Music. London, 

CASTLE SOUND STUDIOS (Edinburgh, Scotland) announces installation of 
an Amek M2000A/2500 console. In 28/24 format the new console joins their Lyrec 
TR532 24 -track and Studer B67 2 -track (2) as well as Ferrograph S P7 and ReVox A- 
77 decks. Castle is located in picturesque farm country just 12 miles south of 
Edinburgh. The studio is split into three sections: dry acoustic area with ceiling 
traps, a large floating iso -booth for drums, vocals, etc., and a large live area finished 
in timber and glass. Total area is around 1,000 square feet, fully air conditioned. 
Peripheral equipment includes AMS DMX 15 -80 digital delay, AMS flanger, Scamp 
rack with S01 complimiters, F300 gates, S23 autopanner, AMS Pitch Shifter, AKG 
BX20E, and Master Room MRIII reverb. Neumann, E -V, Beyer, Calrec, AKG and 
Sony microphones are available. Musical instruments available free of charge 
include the Yamaha C -3 grand piano, Hagspiel Honky -Tonk grand piano, 
Mellotron, ARP Odyssey, Premier drum kit. The Old School, Park View, 
Pencaitland, East Lothian, Scotland. Telephone.' (0875) 340143. 
England. 

Holland: 
DALI PRESS BV (Nederhost den Berg, Holland) has become a member of the 

APRS of Great Britain. The three -studio complex has been in business for seven 
years, and recently upgraded its main facility to 24 -track with the installation of a 
Neve 8078 console with Necam floppy disk automation. A Lyrec TR532 24 -track 
recorder is interfaced with a Studer 2 -track mastering machine. Effects units 
include an Eventide Instant Flanger" and Harmonizer,'" Allison Gain Brain,'" 
Lexicon Prime Time," and UREI limiters. Monitoring is by means of Eastlake TM -3 
enclosures powered by Crown amplifiers. Studio 2 is a 16 -track operation currently 
being refurbished, while Studio 3 is used for vocal overdubbing. Nederhost den 
Berg, Holland. 

Spain: 
ESTUDIO ESCORPIO (Madrid, Spain) has installed a new MCI JH -636 

automated 36 x 36 console with light meters. The board was instralled by MCI's 
Spanish representative, Singleton Productions of Barcelona. According to studio 
manager, LUIS COBOS, the ORGUESTRA MONDRAGON was the first production 
on the new panel. Madrid, Spain. 
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NEW SPARS OFFICERS 
In addition to the election of Murray Allen as 

President of Spars, David Teig (Atlantic 
Recording Studios, New York) was elected 
Vice -President and Secretary, Guy Costa 
(Motown Hitsuille, Los Angeles) was elected 
Vice -President and Treasurer. Regional vice - 
presidents, Nick Colleran (Alpha Audio. 
Richmond, VA), Mack Emmerman (Criteria 
Recording, Miami), Robert Lifton (Regent 
Sound Studios, New York), Wally Heider 
(Filmways /Heider Recording, Hollywood) 

Founding president, Joseph Tarsia (Sigma 
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A world -leading manufacturer of 
musical instruments and perfor- 
mance sound systems is seeking 
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resume. including salary history. in 
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BOX KHM 
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Sound, Philadelphia) has been elevated to 
Chairman of the Board. Christopher Stone 
(Record Plant, Los Angeles) has been 
appointed Assistant to the President 

A.M. PONIATOFF, 
AMPEX FOUNDER, DEAD AT 88 

Alexander M. Poniatoff who founded Ampex 
in 1944, served as president of the corporation 
until 1955, when he was elected chairman of the 
board. He resigned as Chairman of the board in 
1970. 

Mr. Poniatoff secured his place in the history 
of magnetic recording twice during his long life. 
The first breakthrough occurred in 1947 when 
Ampex, reduced to just eight employees in the 
post World War 11 recession, introduced the 
first practical magnetic audio recorder in the 
United States. The technical milestone helped 
launch the multi -billion dollar recording 
industry. 

That development was followed in 1956 by 
introduction of the first practical videotape 
recorder that revolutionized the television 
broadcast industry. 

Poniatoff was born in Kazan, Russia, on 
March 25, 1892. During an interview when he 
was 84, Poniatoff recalled that he saw his first 
horseless vehicle, a locomotive, when he was 
seven. "I decided right then that I would build 
these locomotives," he told the interviewer. 

He attended the University of Kazan, The 
Imperial College in Moscow, and the Technical 
College, Karlsruhe, Germany, obtaining 
degrees in mechanical and electrical engineer- 
ing. 

He was a pilot in the Imperial Russian Navy 
during World War I, and then in the White 
Russian forces that were defeated during the 
revolution. He escaped to Shanghai, China, in 
1920 and worked as an assistant engineer for 
the Shanghai Power Company until 1927, when 
he immigrated to the United States. He became 
an American citizen in 1932. 

DATATRONIX, INC. LICENSED TO 
MANUFACTURE API PRODUCT LINE 

In early August 1980 the assets of Automated 
Processes, Inc. were sold at public auction. 
Since that time there has been considerable 
confusion and false claims concerning both the 
manufacture of, and legal rights to, the API 
professional product line. 

Kappa Systems, Inc. of Arlington, Virginia, 
purchased the company name, all design rights 
and all manufacturing documentation at public 
auction. On September 10, 1980, Kappa 
Systems executed a licensing agreement with 
Datatronix, Inc. of Reston, Virginia, for the 
manufacture and marketing of the entire API 

PUT YOUR PIANO IN OUR BAGI 
Test results demonstrate a 15 dB Inside -to -out 
reduction In high frequency Information at 15 kHz. 
ano a 3 dB downpolnt at 500 Hz, as pictured .. . 
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product line. This is the only licensing 
agreement in existence. 

While this is a new venture for Datatronix, the 
company is no stranger to the API product line. 
For the past two years Datatronix has 
manufactured much of the API product line for 
both API and API customers. Modules are 
currently in production at Datatronix and will be 

available through a network of national and 
international distributors. All API drawings, test 
procedures and test fixtures are in the 
possession of Datatronix and are being used to 
insure the exact duplication of the original API 
product. 

In addition to providing existing API audio 
products to the recording and broadcast 
industries, Datatronix is understaking an 
aggressive R &D program to develop new 
products. Any questions concerning the 
availability of API products should be directed 
to David Brooks at: 

DATATRONIX 
2100 RESTON AVENUE 

RESTON, VIRGINIA 22091. 
(703) 620 -5300. 

SESCOM, INC. ANNOUNCES 
SESCOM EUROPE 

Franklin L. Miller, president of Sescom, Inc., 
Las Vegas, Nevada, has announced the 
formation of Sescom Europe, effective January 
1, 1981. The new division will stock and market 
the extensive line of Sescom Audio Accessories 
throughout the U.K. and Europe from its base 
at 21 London Road, Berks., England. The new 
facility may be contacted by telephone at (0734) 
345265, or by Telex number 847374 (PANOP 
G). 

KLARK -TEKNIK 
ELECTRONICS FORMED 

Klark -Teknik Electronics, Inc. has been 
formed as the exclusive United States 
distributor for the Klark -Teknik and Statik- 
Acoustics product lines. 

Heading up the new company is Jack Kelly, 
who formerly represented the Klark -Teknic 
product line as a manufacturers representative. 

The new company will handle all sales and 
service from its office at: 262A Eastern 
Parkway, Farmingdale, NY 11735. Telephone: 
(516) 249 -3660 

- continued from page 16 ... 

STRESS RESS 
IN THE 

RECORDING STUDIO 

understimulating work environments, and has 
been linked with ill health. Time pressures are 
well known to anybody associated with 
recording. This is particularly so in session 
work, live concerts, TV and radio shows. Studio 
time is now very, very expensive, and the 
pressure to complete the job can lead to feelings 
of overload. Conversely, when there is no time 
tor experimentation, an engineer is forced to use 
tried and trusted techniques that are known to 
give adequate results. This can introduce an 
element of boredom into the work, and lead to 
feelings of frustration and dissatisfaction if an 
engineer is not given the opportunity of 
exercising his or her creative energies. 

Automation may also result in an engineer 
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being under utilized. Long working hours, a 
large proportion of which are taken up with 
rehearsal while the tape recycles itself 
automatically, mean that engineers find 
themselves bored - no wonder that smoking 
and drinking are needed as a stop -gap. 

In a way, there is little excuse for making a 

mistake under these circumstances. Neverthe- 
less, mistakes are made, performances 
accepted that are not truly representative, 
concentration is not as high as it should be, 
wrong decisions are made - influenced, 
perhaps, by a little too much alcohol and fatigue. 
And yet, this situation is paradoxical. Quite a 
few artists do their best work under such 
adverse conditions. To restate what was said at 
the outset: without a certain amount of stress 
we can become understimulated and bored. But 
when that delicate balance of the coping 
mechanisms LS upset, harmful stress can easily 
result. 

B) Role in the Organization 
Other sources of occupational stress are role 

conflict (conflicting job demands), responsibility 
for other people, and rule ambiguity (a lack of 
clarity about work). These factors may be of 
particular interest to those involved in large 
corporations, such as TV and radio networks. 
An example of role conflict may occur when a 
sound engineer discovers that, upon reading 
through his schedule, on a Tuesday he's due to 
be at the race meeting, followed by a current 
affairs program, and then back in the studio at 
night. Wednesday, he's scheduled to handle 
sound on a multi -miked show, set up for an 
orchestra, three commentators, backing tapes, 
and video - all going live on air. However, he 
can relax in the evening at the dog races, or it 
could be football. Thursday is the rock show, 
followed by news, a cookery spot, and pets 
corner . This is perhaps what might be 
described as lack of role clarity and role 
demand, in that an engineer is in some ways 
required to be a sound producer /supervisor, 
but paid as an engineer. 

Dealings with people create stressful 
situations, too. Like the over- anxious director 
on an all -day telethon presentation that expects 
an engineer to pick up on microphone the 
host /presenter has chosen by mistake, and who 
on camera appears to be miming dialogue. Or 
the opera producer who will not allow 
microphones to be seen under any circum- 
stances; the sound reinforcement /mobile 
recording conflicts that can arise when a 
concert is being covered by film, TV, record 
company and lighting rigs, and so on; the free- 
lance engineer /producer that is landed with 
interim equipment not up to the standard that 
he or she is accustomed to - all these and many 
more are well -known stressors. 

C) Career Development 
The impact of over- or under -promotion can 

be a major source of unease, as can status 
incongruities, lack of job security, thwarted 
ambition and salary deficiences. Status 
congruence, or the degree to which there is job 
advancement (including pay grade increments) 
has been found to be positively related to 
effectiveness. Over - promotion (that is beyond 
one's maximum level of competence) and 
under -promotion both cause stress, as does 
limitations of promotional opportunities and 
career mobility. Such a situation can create 
disruptive competitiveness which, under certain 
circumstances, can hinder group cohesion. 
Dissatisfaction with pay, of course, can be a 
major stressor, and extremely disruptive in 

terms of corporate relations. 
The phrase, "You're only as good as your last 

record," perhaps highlights the problem of job 
security within the studio situation. Engineering 
is a young persons' business. As you get older, 
pressures of promotion become apparent. "Up 
or out" is another phrase relevant to some 
organizations, and which ensures that studio 
personnel can relate to the client not only in 
terms of age but also outlook. 

D) Relationships At Work 
"I love it, I love it, I love it; l hate it, I hate it, boy 

do I hate it!" 
Relationships within the studio environment 

between colleagues, management, subordi- 
nates, and clients can be, and frequently are, the 
cause of much stress and strain. Poor relations 
with others, precipitated by role ambiguity, lack 
of support, pay deficiencies and differences 
between colleagues and clients; all these factors 
compounded by closeted work environments, 
can be hazardous. 

Engineers are required to maintain a good 
attitude at all times. The client is always right; 
what they want is what they get. An engineer 
may witness the posturing, volatile egos, acute 
anxiety attacks, psychological traumas - yet 
still remain amicable, impassive and in control. 
They must tolerate producers and artists who 
suffer anal retentivity: in other words, those who 
hold on to everything and will not let go in their 
pursuit of the "final cut." 

E) Organizational Structure 
The politics of organization, together with the 

lack of effective consultation between operators 
and management, and non -participation in 
decision making, can also make life difficult. The 
hierarchical structure of record companies in 
dealing with people who are only ever a voice on 
the telephone, may lend to months being spent 
on producing a product that is eventually 
rejected out of hand without explanation. This 
can easily cause frustration, despondency and 
resentment. Restrictions on behavior and red 
tape can cause strain; the large corporation that 
abides by rules - "Do this; make sure of that; 
this not allowed; this procedure, that procedure; 
fill this in: submit the requisition in triplicate; it'll 
be approximately three weeks before anything 
can be done." You've heard it all before! 

F) Health Factors 
Physical and mental health can be seriously 

jeopardized by all of the above examples. 
Together or singly, they can contribute in a 
significant way to the health of an individual. In 
most professions such stressors have been 
associated with a rise in the incidence of drug 
ahuse, hypertension, heart disease, diabetes, 

minor illnesses (for example, asthma, hayfever, 
and migraine), mental illness and impaired job 
performance. In relation to studio engineers, it 
would be of great interest to discover the 
incidences of illnesses (both physical and 
mental), as well as the degrees of drug abuse. 
The latter is of particular interest, in light of both 
potential job stressors and the potential 
exposure to subcultural groups that tend to 
have easier access to drugs. 

G) Effects On Social And Family Life 
Research has shown that there is a positive 

interaction between stressors at work affecting 
both family and social life, as well as vice versa. 
For the studio engineer, long hours and shift 
work can cause stress resulting from family and 
social isolation. In addition, '.ast- minute 
extended shift work schedules can result in 
dissatisfaction from spouses and girl /boyfriends 
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STRESS 
which, in some cases, can easily enhance 
separation, marital dissatisfaction, and divorce. 

Also, many studio engineers have strong 
feelings of job involvement and commitment. 
This can lead to jealousies from spouses who 
often feel rationed in terms of time allocation 
with their partners. Feelings of frustration and 
anger are also voiced by these "Studio 
Widows," who are tired of cancelled social 
engagements. Finally, an additional underlying 
fear that has been voiced by many studio 
widows is the threat of the "Studio Groupie." 

H) Stress And Individual Differences 
It is an individual's personality profile, past 

experiences and variables such as history of 
family health, genetics and age, that can be 
instrumental in determining why different 
individuals respond differently to the same type 
of stressor. However, social scientists have 
isolated two specific types of behavior patterns 
known as Type -A and Type -B; the former 
having a strong relationship with stress -related 
disease, especially hypertension and coronary 
heart disease. 

Type -A behavior is characterized by high 
achievement, striving, hard driving, competi- 
tiveness, motivation, time urgency, abruptness 
of gesture and speech, devotion to work, and a 
preoccupation with deadlines - factors 
intrinsic to the job of recording engineer! Type -B 
behavior, on the other hand, is characterized by 
the relative absence of the behavior associated 
with the Type -A person: no sense of time 
urgency, no free -floating hostility, ability to relax 
without guilt, and so on. 

Thus, in the studio environment, where the 
emphasis is on achievement of good results, 
high job involvement and long hours, 
competitiveness, high motivation and the 
pressure of deadlines, one could suggest that 
recording engineers are likely to exhibit Type -A 
or coronary-prone behavior patterns. Indeed, 
there are strong indications from previous 
studies that certain work environments not only 
enhance, but also reward, Type -A behavior 
patterns. Certainly, the recording studio 
environment appears to encourage Type -A 
versus Type -B behavior patterns. 

Conclusion 
It is clear that the role of recording engineer is 

a potentially stressful occupation. By 
highlighting some of the causes and effects of 
stress in the studio environment, we hope to 
make studio personnel more aware of these 
occupational hazards. Clearly, more empirical 
research is required in order to isolate more 
precisely the specific stressors experienced by 
recording engineers, the effects on personnel, 
and methods of reducing these stresses. 
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MR -2 delivers more usable console for the money. Efficient design has reduced the labor and material 

content, while improving features, signal handling, and reliability. 

MR -2 offers a full range of options and features, allowing you to specialize your console 
to your functional and budgeting needs. 

MR -2 expansion frames and module update kits continue to keep your console matched 
to your future needs. 

Resale prices of Harrison -designed- and -built consoles demonstrate that MR -2 will continue 
to protect you even at trade -in. 

More Usable Console for the Money? 

Somehow that sounds like cheating -as though you could get 
something for nothing. NOT SO!! 

The secret is to eliminate things that cost money but do 
not add any function or "quality" to the console. 

The console designers at Harrison Systems have identi- 
fied many traditional inefficiencies and have eliminated these 
in the design of MR -2. 

Printed -circuit boards have been made smaller (thus, less 
expensive) through the use of double -sided artwork and a more 
meticulous, time- consuming design process. 

Almost all hand -wiring in the frame has been eliminated. 
Mother- board -mounted multi -pin connectors are used for in- 
puts and outputs. 

Seldom -used features (like Quad) have been eliminated 
and replaced with more desirable and useful features. 

Module width has been reduced to 40.6 mm (1.6 "), thus 
reducing metal -work cost for a given console size. 

In other words, every small detail of the MR -2 design has 
been critically optimized for efficiency. This efficiency does not 
mean, however, a reduction in signal -handling quality or relia- 
bility. In fact, just the opposite is true. 

A radical new multiple- ground system is at work to even 
further reduce induced noise. 

Modern "dielectrically isolated" switches are used for all 
logically controlled switch functions. 

Patch points now operate full line level ( +4 dBu or +6 
dBu) and are isolated and balanced. 

These are only a few of the reasons that allow us to 
confidently say that MR -2 is the most efficient, cost -effective 
console ever offered by anyone to the industry. 

We think you wiil agree and make it your choice as well. 

BE{ Harrison 
NOW MORE THAN EVER 
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SM77SM78 
cardioid dynamic microphones 

a new look for the 80's 
There's so much new about these professional micro- 

phones we can only touch the highlights. Exclusive "pic- 
ture perfect" SUEDECOATTM Tan or Ebony matte finish 

looks great -permanently. Significantly smaller, 
exceptionally light in weight; yet so extraordinar- 

ily rugged and reliable we call them the 
"Light Heavyweights:' They feature the crisp 

sound that makes Shure the world's most 
widely used professional performer 

microphones. 

GENUINE 
For more information write: 

Shure Brothers Inc., 222 Hartrey Ave., 
Evanston. IL 60204 
In Canada: A. C. Simmonds & Sons Limited 

Manufacturers of high fidelity components, microphones, 
sound systems and related circuitry. 
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