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The 2"multi-lrack for those 
with a 1 track mind. 

value. 
When sel -ting a multi -trace, it's 

easy tc get thrown off track. W1j 
pay for technology, for technolce's 

stan motor 
delvers vari - 
sp(ds in 

configuration allowing timely and 
hassle -free maintenance. We've also 
added new audio channels with low 

s8 e cor rl 11 es mos . W CIF 
you want it the least. Cost. But tor 
professiona s who value their nusic 
as much as their money, there's 
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external fre- 
quency or 
voltage control - 
lere easily interface with the Mark III. 

Versatile Value. 
The headblock is a precision 

mi]ed, flat wired, self contained 
unit which simply plugs into place 
Therefore, upgrading from 16 to 24 
track recording can be accomplished 
without disturbing any head align - 
ments, saving expensive time. 

requency retort an 
adjustable phase 
compensation and 
available 
sync head 
transformer. 

These 
features, 
coupled 
with our 
optional full ' 
function 

run, 

nine memory autolocator, makes the 
Mark III the ultimate in appropriate 
tape technology. 

Soundcraft's 760 Mark III Series. 
It's everything the 2" professional 
needs to get back on the right track. At 
a price that really attracts attention. 
Under $18,000.* 

Suggested retail SCM 762-168. 
Other models up to $24,950. (, 

one recorder that's second to no-te. 
The new Mark III Series from 
Soundcraft. 

Heavy Duty Value. 
A newly deveroped German cep- 

11 
Extra Value For 
Nothing Extra. 

Anther valuable feature is its 
durable construction and modular 

S.uuderatr Eleetrades 
1517 20th Street, Santa Monica, CA 90404 

(213) 453-4591 Telex: 664-923 
In Metropolitan N.Y. call (212) 315 -0877 

S.udera$t Eleetraaies Canada, Le. 
1444 Hymns Blvd., Dorval, Quebec, H9P 1J6 

(514) 685 -1610 Telex: 05-822582 

Seasdcraft Electr.aics Limited 
5 -8 Great Sutton Street, London, ECIVOBX, 
England Telephone: 01- 251 -3631 Telex: 21198 
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crown® 
1718 W. Mishawaka Rd. 
Elkhart, IN 46517 
(219) 294-8000 
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,j A select few amplifiers 
on the market today will 

offer 10)0 watts in 3.5 
inches of rack space. 

But do not be enticed by 
power ra-ings alone, for 

power is not the only mea- 
sure of a successful product. 
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The Micro-Tech' series has been 
in development for over 2 years. 
We wculd not consider its intro- 
duction until we were certain 
the firal product would match 
the demanding criteria of the 
professioral tour. With rigorous 
testing and eva cation both on 
the bench and in the field, the 
Micro -Tech has proven its per- 
formance value. 

1000 watts of dependable power 
result from an exl-ausiive search 
for excellence and efficiency. 
CROWN's patented crounded- 
bridge circuitry, reversible forced - 
air cooling and patented ODEP 
(Output Device Emulator Protec- 
tion) dasign come wrapped in a 

3.5 inch chassis with 33 years of 
prover dependability behind it. 

The precision of Micro- Technolo- 
gy: It was a matter of perfecting 
the colcept before introducing 
the prcduct. 
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Gettinc the sound you hear in your 
head Ickes ti -ne, patience and a little 
sweat. Flaying the right console at 
your fingertips ma <es life a little 
easier. 

- Ginc Vann ?lli 

"Clarity. depth, restnance and full 
spectn.m of soun is what we strive 
fo- in our recordin:s that's why Gino 
and I chase AMEK. 

99 - anne'll 

Joe and Gino ` /annelli 
at their 36X24 AMEK ANGELA 

Hear it on Gino Van 
albJm "Black Cars" 

Call or write for more Informatim abw! 
AMEK's complete line of consoles 4t7K 1 

In the US: AMEK CONSOLES, INC. 
10815 Burbank Baulei.ard. Nor h Holl /wood, CA 91601 
Phone 1818) 508-978E Telex E62526 

In Canada AUDIO CONCEP1 
4460 Thibault. S'- HutErt. Qué , Canéd3 J3Y 7T9 
Phone (514) 445 -266? Telex 05- 2E8'28 

In the UK: AMEK SYSTEMS & CCNTROLS, LTD. 
Islington Mil. Janes Street. Salllord h13 51-1W. E.gland 
Phone (061) 834747 Telex E68127 



1975 
THE YEAR OF 

24 -TRACK ANALOG 

411. 

1985 
THE YEAR OF 

32 -TRACK DIGITAL 

10 YEARS AHEAD OR EHIND. 
Remember 1975? The major studios were scrambling 

to update to 24-track. 

One thousand 24 -track machines and 10 years later, 

the world class studios have chosen the next 

generation: The Mitsubishi 32Track Digital Audio Recorder. 

The only multitrack with the true competitive edge. 

THE X -800 
by MITSUBISHI 



DID 
MITSUBISHI 

PIONEER DIGITAL 
AUDIO 
STATIONARY 
HEAD RECORDING? 
We pioneered practical digital audio. Complete systems that are 

simple to use and maintain. With practical features like razor 

editing and built -in SMPTE tracks. And an error -correction code 

specifically designed for stationary head recording and ultra 
reliable performance. 

With over 100 Mitsubishi X -80 Digital Audio Stationary Head 

recorders at the finest broadcast and recording facilities throughout 
the world, the Mitsubishi Format is the standard. 

No one can offer more expertise in Digital Audio Stationary 
Head Recording technology than Mitsubishi. 

Call or write to find out how to join the standard digital audio 

format. We know because we pioneered it. 

YOU BET WE DID 

DIGITAL ENTERTAINMENT CORPORATION 
A SUBSIDIARY OF MITSUBISHI ELECTRIC SALES AMERICA, INC. 

Headquarters 87 Sand Pit Road, Danbury, Connecticut 06810, Tel 1203)743 0000, Telex 703547 

New York City Suite 1530, 555 W 57th Street, New York, NY 10019, Tel 1203) 743 0000 

Nashville 2200 Hillsboro Road, Nashville, TN 37212, Tel 1615) 298 6613 Los Angeles: 8255 

Beverly Blvd , Hollywood, CA 90048, Tel 12131658 6881 Canada IGERRI: 363 Adelaide Street 

E Toronto Ont M5A 1N3, Tel 14161 868 0528 MITSUBISHI 
DIGITAL AUDIO SYSTEMS 
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Dews Letters Views 
CONCERT SOUND TRAINING 

from: John Allen 
Lakewood, CA 

Having just read David Scheirman's 
article on Modular Sound Reinforce- 
ment, based in Trenton, NJ, [October 
1984 issue[, I'm impressed with this 
company's diversification of system 
designs and industry application. 

I live in Los Angeles, which is a far cry 
from New Jersey. The reason I state this 
is my interest in the desire I have in 
finding an apprentice program offered 
locally, similar to that of Modular's 
engineering program. 

I hope that R -e /p can suggest a sim- 
ilar apprentice /working program here 
in the L.A. basin. I am currently pursu- 
ing my B.S. degree in broadcast engi- 
neering, and would like to merge quality 
audio with video coverage. 

Many thanks for a wonderful publi- 
cation. 

David Scheirman replies: 
You're right, John: Los Angeles is a 

long ways from New Jersey. As far as I 
know, Modular's apprentice program is 
unique. However, you are fortunate to 
live in a geographical region that is 
literally crawling with individuals who 
are active in the sound reinforcement 
field. 

Take the time to attend a few live - 
performance events in your area, and 
attempt to discover what individual(s) 
and firm(s) are handling the live audio. 
There may not be an apprentice pro- 
gram available in your area per se, but 
the odds are that an aggressive search 
on your part for a company that is seek- 
ing ambitious, hardworking trainees 
just may result in a part -time job offer. 

I invite responses from Los Angeles 
area readers who may know of a work - 
study program for individuals inter- 
ested in the type of career which John 
Allen has targeted. 

REGARDING AUTOMATION 

from: Doug Dickey, vice -president 
Solid State Logic Ltd. 
Oxford, England 

I enjoyed your December 1984 double - 
feature on "Recent Advances in Servo - 
Controlled Console Automation Sys- 
tems." Mr. Degher and Mr. Martin write 
impressively, and the improvements 
they describe are no doubt welcome 
news to many in the industry. Along 
with our congratulations on their 
achievements, we would like to offer 
some clarifications. 

Both articles refer to "valid com- 
plaints with most VCA /tape -based 
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automation," or "problems with most 
VCA -based systems." Because Solid 
State Logic is the only manufacturer of 
a VCA mixing system to be mentioned 
by name in either article, your readers 
may gain the mistaken impression that 
the SSL system suffers from the nega- 
tive characteristics which both authors 
attribute to "most" systems using vol- 
tage control technology. We owe it to our 
clients and your readers to correct any 
such misunderstanding. 

Concerning the reference to VCA 
"problems" including "signal degra- 
dation, noise, drift, distortion and group- 
ing inaccuracy," we agree that certain 
VCAs in poorly designed circuits exhibit 
one or more of these problems to an 
objectionable degree. In fact, we 
acknowledge that the legacy of some 
earlier VCA -based systems has some- 
times made it difficult for the SSL to get 
a fair hearing. However, when a skepti- 
cal engineer, artist or producer does take 
the time to audition music through an 
SSI, and to become familiar with the 
system, they seldom come away 
unimpressed. 

The myth that VCA automation 
inherently yields results that are either 
"unnatural" or "unmusical" can be laid 
to rest by simply listening to any of the 
exemplary recordings produced by some 
of the industry's most respected engi- 
neers and producers using SSL systems 
exclusively. The typical R -e 'p reader 
who listens seriously to recorded music 
will probably find many of these record- 
ings in their personal collections. 

The old stories die hard, and after so 
many years it gets a little tiresome read- 
ing the "valid complaints" about VCAs 
that could just as honestly be made 
about many other components in a 
poorly designed signal path, including 
transformers, op -amps, capacitors and 
even meters! The fact is that gifted pro- 
fessionals will always differ in their 
opinion of what equipment combin- 
ations best achieve their concept of the 
"ultimate" sound. This is just one of 
those things which makes life interest- 
ing and serves to define recording as an 
art. 

On to some of the more specific state- 
ments in the two articles. For the record, 
the SSL system does not exhibit any 
cumulative update error. As Mr. Degher 
points out, this is a problem for systems 
using the audio master for data storage. 
The SSL Studio Computer is a disk - 
based system, and maintains frame 
accuracy throughout unlimited updates 
and manipulations of the mix data. 

I would also like to address Mr. Mar- 
tin's theory that "In VCA -based sys- 
tems there are really two faders in each 
channel" (one "real" and one "imagi- 
nary"). This analogy manages to simul- 

taneously oversimplify and complicate 
the issue, which isn't easy to do. Nor is it 
particularly helpful to anyone trying to 
understand the real operational differ- 
ences between the two approaches. 

The concept of an "imaginary" fader 
is completely foreign to the operating 
philosophy of an SSL. Stated simply, 
the SSL system employs the fader to 
control a VCA, offering two basic modes 
of operation. When the channel is in 
"Absolute" mode, the computer records 
the exact levels and changes made by 
the mixer. When the channel is in 
"Trim" mode, the engineer uses the 
fader to trim the previously stored 
levels. 

When a channel is in "Trim," the 
computer compares the instantaneous 
values of its stored mix against the 
physical movements of the fader, and 
automatically generates an "update" 
mix which is identical to the stored mix 
until a fader is moved. When the opera- 
tor moves a fader, the system adds those 
adjustments to the stored mix. 

In practice, the procedure is both nat- 
ural and highly useful. Unlike some 
other systems, there are no read, write or 
update switches in the SSL system, and 
there is no need to use dedicated LEDs, 
meters or video bargraphs to match the 
"real" fader with the one my friend 
Morgan Martin imagines. 

There is a single "status" button on 
each SSL fader panel, which serves 
multiple functions defined by the sys- 
tem's software. For example, it may be 
used to request special functions such as 
track joining during mix edits, and to 
summon Total Recall displays for con- 
trols other than faders and cuts. It also 
allows the engineer to request special 
statuses, such as "Preview Absolute," 
which enables the mixer to listen to a 
level change on the monitors prior to a 
cue, and then to effect a precise level 
jump in the mix data exactly on that 
cue, eliminating the needing to rewind 
the tape after identifying the desired 
relationships. 

Solid State Logic has a policy of con- 
tinually investigating all technologies 
which might be helpful to our clients. 
We have researched the features of 
servo- motors, and have decided that the 
benefits offered by voltage -control 
technology outweigh these. Others are 
free to disagree with our conclusions. It 
is clearly beneficial for the industry to 
have a choice - but the real issues can 
be presented without inventing and 
then attacking phantoms. 

We have always trusted the profes- 
sional community to make its own 
judgements based on the overall merits 
of each approach. If SSL may be 
allowed its own brief commercial mes- 
sage, I would say only that we have had 

... continued on page 12 



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

No Compromises 
It can be tough getting the right con- 
sole to match your specifications. 
About as easy as fitting a square peg 
in a round hole, right? Harrison Sys- 
tems has anticipated your need for 
versatility. A good deal of time and 
research goes into our consoles in 
order to bring you the smartest, most 
efficient technology and service. 
We've got the system that fits the 
size and scope of your 
needs, whether it be: 

Teleproduction 
Video Sweet - 
ening and Post - 
Production 
Video Edit Suite 
Film Sound 
Post - 
Production 
On -Air Broadcasting 
Broadcast Production 
Live Sound Reinforcement 
Music Recording and Scoring 

At Harrison Systems, we give you 
choices - not excuses or unnecessary 
fluff. Our systems are designed to 
bring you long- lasting, clean per- 
formance and reliability. 
Harrison Puts You In Good 
Company 
Organizations like Swiss Broadcast- 
ing and Belgian Radio and Televi- 
sion have believed in the superior 
quality of Harrison Stereo Broadcast 
Audio Consoles for years and have 
chosen Harrison for multiple broad- 
cast installations. Swedish Televi- 
sion has selected 8 TV -3 consoles 
and has committed to several more. 
This year's Winter Olympics in Yu- 
goslavia received the main audio feed 
from a TV -3. 

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

For Harrison Innovation 
Introducing Harrison's TV -3, 
PRO -7 and TV -4, the broadcast 
consoles you've been waiting for: 

TV-3 For large scale TV audio, 
remote production, studio pro- 
duction, post -production and 
sweetening Adapts to wide 
range of tasks Available in a va- 
riety of configurations for cus- 
tomization Plus many options. 

PRO -7 De- 
signed for com- 
prehensive use in 
broadcast, live sound, 
motion picture teleproduc- 
tion Two major configura- 
tions Simple to operate Cost- effective Independent mix deci- 
sion capability Long -term performance achieved through thick - 
film laser-trim- med resistor networks Plus many options. 

Now Available 
AIR -7 For on -air 

stereo radio 
broadcasting, 

combining 
sopksticated 

technology with 
simple operation. 

TV -4 For medium scale on -air 
production, remote production, 
studio production, sweetening 
and post -production Three 
major, simplified configura- 
tions Easy to install High- 
speed, low noise, low distor- 
tion amplifiers allow for best 
possible electronic perform- 
ance Plus many options. 
Harrison's new VSI Fader Section, zehich 
allows for simultaneous interface with auto- 
mation and video editor /switcher, is omit- 
able for TV -4 and PRO consoles. 

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

For additional Information circle #5 

Harnson 
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Tony Mitchell talks to 

Tracking Sting down to his lunchtime retreat 

within the maze of Shepperton Studios, where he's 

currently filming The Bride: proved to be less difficult 
than I'd feared. 

I simply followed the long trail of glitter which led to 

the control room of the recording studio where he's 

doubling as producer for a new band called 'A Bigger 

Splash' 
My initial belief that Sting had succumbed to an 

early seventies fashion kick was dispensed only when I 

learnt that he'd just been filming a glitter party scene for 
the movie - a romantic version of the Frankenstein 

story said to be more in keeping with Mary Shelly's 

original story than the Karloffian video nasties we're all 

familiar with. 
And there he was, lounging against the control 

room wall clutching a Fender bass and looking only 
slightly 18th century in ruffle-necked shirt, brocade 

waistcoat and riding breeches. His assistant Danny was 

despatched to make some tea. 

Sting bought his Synclavier just six months ago, 

and like a good novel he's hardly been able to put it 

down since. His enthusiasm for it is impressive - a 

combination of reverence for its technical achievement 

and childlike amazement at the creative possibilities 
he's still discovering. Ask him to sum up its potential 
impact on music making and he'll come up with a 

modest comment such as: 

"It's as radical and important an invention as the 
piano was centuries ago" And so, on to the first 
question. 

MITCHELL: 'What was it that first made you think this 
might be the machine for your 

STING: "It was a sort of dream of mine, when I first 
started to actually write music down on a stave - you 
know it's impossible to read after half an hour - that it 
would be great if everything you played on a keyboard 
immediately transmitted into notation. I was sure one 

day someone would invent it. And one day I was looking 
at some roadie's magazine in America - and there it 

was! The Synclavier did it 
I was totally over the moon and it was only then that 

I got to find out about all the rest of the functions of this 
amazing machine. And it's great fun, it really is. 

Now its kind of taken over my life. It takes a lot of 
technical application which I think is fun, because it's 

about learning something totally new, but there's no 

way you can use it the day you get it!' 

"It's as radical iciil n ll(1 

important an in IY'Ilti(Ill 
(1s th(' piano 11 m 
centuries ago" 

MITCHELL: Between hurriedly gulped mouthfuls of 
salad - he went on to explain that he'd become very 
disillusioned with synthesisers and synthesiser bands 
"because they all sound exactly the same" and because 
he was inspired to write music by the sound an 
instrument makes, he was always trying new 

instruments, and that the synthesiser element of the 
Synclavier had "this wonderful range of warm, organic, 
rich sound which makes me want to play with it 

And with the computer, he says, you have a system 
which allows you "to compose beyond the limitations of 
your physical skill - in fact beyond the limitations of 
anyone's physical skill" 

STING: "Another thing is that I've never worked with an 

orchestra before it would be a very expensive 
experiment for anyone to hire an orchestra for the day 

to see what happened. But with the Synclavier I have an 

orchestra at my fingertips" 

MITCHELL: If that sounds a mite indulgent, then don't 
think Sting isn't aware of it. He knows devices like the 

Synclavier are often branded as rich men's toys but the 
integral facilities and the constant updating process 
initiated by the Synclavier's designers convinced him 

that it would be a very sound investment. 

STING: "It's almost the resoon.5jbAty of those with 
enough bucks to invest in this kind of thing. It's like, the 

only people who could afford orchestras in the days of 
Mozart and Beethoven were the crown princes of 
Europe. And us rockstars 'ave taken over from that. I 

see myself as a kind of Medici of the Arts in the 1980's - 
know what I mean?" (ha-ha) 

"(hl(' iNt('lY'titiNg"ti'(1t111r 

qf the ¡Syllrl(1ri('r 
is that it translates 

tempo toframe time" 

MITCHELL: Has your experience with the Synclavier 
turned you on to computing generally?" 

STING: No - I'm not really into home economics!" 

MITCHELL: You don't feel the need to have a machine 
that'll address a lot of envelopes for your 

STING: "No, I've got Danny to do that!" 

MITCHELL: Can you use the computer for anything 
else?" 

STING: "Nell there's a floppy disc floating around 
somewhere, so you could do your accounts on it, in 

between scoring something" 

MITCHELL: Stifling an inclination to say what a good 
idea it was to have a musical instrument that can tell 
you how much you've got left in the bank after you've 
paid for it, I moved on instead to raise with Sting one of 
the criticisms which is sometimes voiced against the 
Synclavier - its restriction, on the digital sampling side, 

to monophonic sampling. 

STING: "Yes, monophonic sampling. That might be a 

temporary disadvantage but polyphonic sampling is 

only a short time away. In the meantime, if you want, er, 

a chord of milk bottles breaking or something, you can 
do it with a tape machine" 

MITCHELL: One application of the Synclavier that's 
bound to appeal to a man with tandem careers as an 

actor and musician is in the creation of film scores. Had 
that opportunity presented itself yet?" 

STING: 'Well I've been asked to do the music for this 
film. And one interesting feature of the Synclavier is that 
it translates tempo to frame time. You could have 

written a piece of music that lasted 30 seconds to fit a 

scene exactly, then the director says he's gonna cut a bit 
or add a bit to it, and you're stumped. What do you do? 
You either cut a bit off the music or re- record it. But with 
the Synclavier you just punch the relevant keys and the 
music is translated through frame time into the right 
length, either shortening minutely each note or 
lengthening it. And that is...outrageous! 
I also like the idea that I can play something on the 
keyboard, record it on the memory recorder then 
translate it to screen editor so it comes up as computer 
language, and then you can perfect it. Using the integral 
recorder is so quick, you can try out things with 
different voices so quickly. And once polyphonic 
sampling comes in, you won't need a studio at all, you'll 
just need a Synclavier. You'll be able to make a record 
without using tape" 

Authorized Distributors Atlanta Songoird Studios 404 351 -5955 Boston Syntone Inc 617 2674137 Dallas Jg ̂ tning Music 8 Sound Inc 214 387 -1198 Israel Syntron _td 51 Br-Zvi Blvd Ramat -Gan 



MITCHELL: Not surprisingly, Sting has no qualms at all 

about using the device on stage with the Police - he 

thinks it will be great fun. But I wondered if he'd 

embarked on a sampling programme, perhaps walking 
around Hampstead or jogging to the studio each 

morning, to equip himself with new and unique sounds 
for that purpose. 

STING: "I haven't had that much time, to be honest. I'm 

quite interested in things I haven't got around the 
house, like timpani, cymbals or a snare drum. You can 
just hire them for the day, mess around with them and 
you've got the full range of what they can do at your 
fingertips" 

MITCHELL: "Do you have the Synclavier in a music 
room at home ?" 

STING: "No, I have it in my bedroom. As I crawl out of 
bed in the morning, I turn it on, I plonk away, and if I hit a 

good chord, I carry on, and if I don't ...I have breakfast. 
Actually we haven't talked about the resynthesis 

angle, which is quite new. It basically records a sound 
and it comes out as a spectral display, a waveform. You 

can increase the intensity of it and copy it. You can do as 
many as 54 sections of that wave, so resynthesis is 

actually very, very close... and as a learning device, it's 
a wonderful way of finding out how sound is 

constructed. I haven't written any music lately, I've just 
been doing spectral displays!" 

MITCHELL: "But getting back to your disillusionment 
with synthesiser music because it 'all sounds the same, 
don't you think there's evidence that exactly the same 
thing is happening even with these sophisticated 
sampling devices? Isn't everyone using them to make 
the same kind of records at the moment?' 

"lIN! l'Ill! (Impose lll'!/I/lNl 
the limitations qt. 

yuurpllysieil1 skill- in 
.tal't beyond anyone's 
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STING: "That's really where you have to bring back the 
human element. When the electric guitar was invented 

you had the same sort of thing - Oh God, everybody's 
going to sound the same. So you wait for the Bert 
Weedons to come along and show the way. You can't 
replace human beings. Its just gonna be different 

At the moment anybody can do it. Everybody 
thinks they can make a David Bowie record. Its time 
something new happened and that's why someone is 

going to have to take it somewhere else' 

MITCHELL: 'That's got a lot to do with current record 
industry attitudes - they 'sign up some haircuts and get 
a producer in to do the rest' syndrome' 

STING: "Listen, I was signed up on the strength of my 
haircut I mean, let's call a spade a spade' 

MITCHELL: "I know, but you had other qualities as 

well' 

STING: "Tight trousers" 

For more information or a personal demonstration, please call 
New England Digital or one of our authorized distributors: 

New England Digital INnee River Jct. VT 802 295 -5800 

Los Angeles New England Digita' 213651 -4016 

New York Digital Sound Inc 212977 -4510 

Synclavier For additional information circle 46 new lgiand digital 

London Turnkey 202 -4366 Montreal D g to Music Systems 514 284 -0609 Toronto 3,- Electra Acoustics Ltd 416 868 -0528 Synclavier is a registered trademark of N E D Corp Copyright 1985 N.E D 



- continued from page 8 . . . 

no problem in placing SSL systems in 
hundreds of facilities around the world 
on the basis of merit. 

One final point: Mr. Degher's article 
states that the Massenburg system can 
"read data recorded on the NECAM or 
Solid State Logic automation systems." 
This statement requires some elabora- 
tion and some caution. 

As I understand it, GML has accessd 
the portion of the SSL disk where we 
store fader and mute data, and has deve- 
loped a scheme for "translating" that 
data into a form which their system can 
use. I am told that this feature was deve- 
loped at one of their client's request. 

While touting the cause of compatibil- 
ity between mix systems of various 
manufacture, it is unfortunate that 
GML have chosed to proceed on this 
matter without so much as a word to 
SSL, much less any technical discus- 
sions between their programmers and 
ours. It is instructive to note that GML's 
announced data transfer process is a 
one -way system, and that data gener- 
ated by their system remains incompat- 
ible with the SSL and other systems cur- 
rently in use. 

George Massenburg assures me that 
his process works, and I take him at his 
word. However, SSL is not prepared to 
recommend a transfer process that we 
know nothing about, and we cannot 
speculate as to the value of raw SSL 
data operating in any system other than 
that for which it was intended. 

Morgan Martin, regional manager, 
Rupert Neve, Incorporated, replies: 

I am pleased that Doug enjoyed my 
article on NECAM 96. I, in turn, found 
his letter to R -e /p interesting, and wish 
to respond to those comments which 
relate to my article. 

When NECAM was developed nine 
years ago, our intent was to avoid VCAs 
and their attendant problems. True, 
VCAs have come a long way since then - our own VCA circuits will attest to 
this - but VCAs do not match the sonic 
performance of the N ECAM conductive - 
plastic track. 

As to my analogy concerning Real 
and Imaginary faders, I stand by it. To 
explain a bit, first consider the "Abso- 
lute" and "Trim" modes referred to by 
Doug. Operation in these modes is iden- 
tical to the "Normal" and "Relative" 
modes introduced on NECAM faders at 
their inception nine years ago. They are 
both useful modes, as SSL must have 
realized when they designed their sys- 
tem later on. However, the NECAM 
moving -fader system is significantly 
more user friendly in several ways that 
Doug didn't mention. 

Now to explain Real and Imaginary 
faders, let's look at Relative. On NECAM 
when you make a relative change, you 
do it by moving the fader to produce the 
offset desired. Subsequent moves by the 
fader under NECAM control reflect this 
offset. And since there is only one fader, 
the Real one, you always know how 

much room you've got to the top or bot- 
tom of the scale. Neat and simple. 

In VCA non -moving fader systems, 
the situation is different. If you want to 
make a relative change, you move your 
Real fader to produce a change in volt- 
age (not a change in the audio level 
directly). This voltage is combined with 
that coming from the computer's 
Imaginary fader to finally tell the VCA 
exactly what the level is to be. Note that 
you don't see this actual level on the 
Real fader scale - all you know is how 
much you have moved your fader by. 
Not so neat, I'd say. 

Now, to be fair, there are any number 
of approaches that manufacturers of 
VCA non -moving fader systems have 
devised to take care of this and other 
problems inherent in VCA non -moving 
fader systems. But all of them fall short 
of the simplicity and power of the 
approach taken with the NECAM 
moving -fader automation. 

By the way, for those who prefer cen- 
tralized group master without VCAs, 
remember that this option is possible 
with NECAM 96. 

And if I might also be allowed a com- 
mercial message, I would like to point 
out that Neve has literally thousands of 
consoles in facilities worldwide, with 
hundreds of NECAM systems in use. 

On to other matters. I would like to 
make a couple of comments regarding 
my article on NECAM 96. The new Neve 
flat -belt fader was said to travel from 

QUIET... 
PROGRAM EQUALIZATION 

L -C ACTIVE 
2 Channel Octave Band 

Graphic Equalizer 
4100A 

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

P 
_ .... - :. .,j.(.. !!!f!/ .,. 

. 
: 1'' ff!ffaI --_. 
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THE WHITE INSTRUMENTS ADVANTAGE - 
CRAFTSMANSHIP 

Hand Tuned Filters 

Brushed, Painted Aluminum Chassis 

Captive, Threaded Fasteners -No Sheet Metal 

Screws 

Integrated Circuits in Sockets 

Glass Epoxy Circuit Boards -Well Supported 

High Grade Components 

Highest degree of Calibration in the Industry 

100% Quality Control Throughout the Manufactur- 
ing Process 

Instant Above and Beyond the Call of Duty Re- 

sponse to Field Problems. 

\ORka-, 
instruments, inc. 
P.O. Box 698 Austin, Texas 78767 
512/892 -0752 
TELEX 776 409 WHITE INST AUS 
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"WOW!" 
When the boys from the engineering 

department walked in with their newest 
creation, we said: "Nice looking box. 
What is it ?" 

"This," they said proudly, "is our new 
MSP -126 Multi -Tap Stereo Processor. It's a 
stereo -tapped digital delay line with a 
20kHz bandwidth, eight pre -programmed 
processing modes, and ..." 

"Hold the engineering jargon," we said. 
"Just tell us what this gizmo does." 

"Oh, no problem," they said. "Basically, 
the MSP -126 is a signal processor that cre- 
ates a whole range of interesting effects. 
To begin with, it produces really great 
balanced stereo with flat response from 
any kind of program material. And it also 
creates other kinds of effects -some of 
which are subtle, dramatic, or even 
bizarre. It's easy to fine -tune the effects 
you get, too. For each of the eight effects 
modes, there are 16 delay parameter set- 
ups and 16 amplitude variations. Okay ?" 

We tried to look enthusiastic. "Well, 
maybe it would help if you could just 
give us a few examples of these effects," 
we said. 

"Good idea," they said. "One of the neat 
things the unit does is produce forward 

and backward discrete repetitions. Then 
there's a traditional 'comb filter' stereo 
synthesis. And delay -based panning. And 
binaural image processing for Walkman 
applications. And delay clusters. And con- 
cert hall early reflections." 

"That's better," we said. "We've proba- 
bly got enough to do a pretty good ad for 
you. Before we go, though, you probably 
ought to run us through a quick demo. 
That might help if we get stuck for the 
right word to describe what the effects 
sound like." 

"Sure," they said. "Hope you like what 
you hear." 

So we listened. Then we walked over to 
the typewriter, rolled in a blank sheet of 
paper, and typed a headline that seemed 
to say it all: 

"WOW!" 

If you'd like to see why we're so excited 
about the MSP -126, ask your nearest Ursa 
Major dealer for a hands -on demonstra- 
tion. It's an astonishing experience. 

MSP -126 STEREO PROCESSOR 

URSA MAJOR, Inc. Box 28, Boston. MA 02258 USA Telephone (6.7) 924 -7697 
Telex 921405 URSAMAJOR BELM 
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Why do the world's 

leading studios turn to 
Solid State Logic? 

Every day, music of all kinds is being made on 
this planet. And every week, another studio 
somewhere in the world switches on their new 
SL 4000 E to record it. When so many 
different people agree, there has to be 
a reason. 

Perhaps it's that Solid State Logic 
lets them hear the sounds and the 
silences that were missing before. Through 
short, clean signal paths that add nothing 
to the source unless the engineer or 
producer so desire. 

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

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

\\"1/4\N 

The Art of Technology 
It's one thing to build a collection of audio 

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

In every channel, SSL presents the tools 
required to perfect your sound. Superb four band 
parametric equalisation and filters. Versatile 
compressor /limiters. Noise gates, Expanders. And 
virtually unlimited possibilities. Because the 
SL 4000 E Series not only helps you shape the 
sound, it lets you structure the signal flow itself. 

Pushbutton signal processor routing provides 
more than two dozen useful variations within 

each module. Six master statuses, 32 Output 
Groups and SSL's unique patchfree 

audio subgrouping direct the 
audio paths throughout the 

desk to serve your 
individual requirements 
and preferences. 



Making Life Easier 

To give the artist and engineer 
complete freedom to explore these 
new potentials, SSL invented 
Total RecallTM. At the end of each 
session, Total Recall scans every knob 
and button on all Input/Output 
modules. Then, in less time than most 
people take to find a pen that works, 
it creates a permanent and portable 
record of these settings on floppy disk. 
Which means that you can stroll into 
any SSL Total Recall control room 
anywhere in the world and recreate 

last week's monitor and cue mix, 
or last year's incredibly compli- 

cated but not quite final 
version. 

Control accuracy is within a quarter 
of Best of-all, So f dB! Be 11, Solid State Logic 

has accomplished this without affecting the 
audio path. Providing a dynamic range and band- 
width that comfortably exceed the performance 
of the best 16 bit digital converters and recorders. 

Other stem elements include events 
control, programmable equalisation, and a variety 
of mainframe and metering options to suit many 
different requirements and budgets. 

Whatever your initial specification, all SSL 
systems are designed so that economical upgrades 
can be performed on site as your business grows and 
diversifies. This policy is supported by continuous 
software development that enables SSL studios to 
keep pace with an increasingly inventive clientele. 

We can build an SL 4000 E Series Master 
Studio System for your control room in about three 
months. We'll he happy to assist with your 
technical and financial planning. We'll provide 
expert help with installation and training. And 
we'll hack you up with prompt parts support 
and worldwide field service. 

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

A Comprehensive 
System 

Total Recall is just one aspect of 
the SL 4000 E Series Master 

Studio System, an integrated range 
of hardware and software components 

designed to make even the most elaborate 
productions more humanly manageable. 

Practical innovations such as the 
SSL Studio Computer provide the world's 

most versatile mixing automation. The 
SSL Integral Synchroniser and Master Transport 

Selector offer computer- assisted control of up to 
five audio or video transports in perfect lock. 

Solid State Logic 
Oxford New York Los Angeles 

iei. 104, ;. 
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- continued from page 12 .. . 

top to bottom in about 500 milliseconds, 
at its fastest; actually, the figure is 
about 150 milliseconds. Also, the Edi- 
tor's knife cut one important point. Mix- 
ing with NECAM 96 can be simple as 1, 
2, 3. #1: Put up a tape; #2: Put in a disk; 
#3: Push the Start key. You're oft! Mix- 
ing with NECAM 96 is totally transpar- 
ent. You don't have to use labels, cue 
and the like. You just mix. 

Second, regarding the excellent arti- 
cle on the GML system, I have three 
comments. First, NECAM allows use of 
fader and mute groups without timecode 
or disks or, for that matter, tape. Unlike 
GML, with NECAM you can have any 
number of groups, not just eight. Second, 
I would caution NECAM I and II users 
to take care in attempting to use their 
disks on the GML system. GML devel- 
oped their conversion program without 
the knowledge and help of Neve. I have 
discussed this matter after the fact with 
GML, and must report that the conver- 
sion produces poor results. Third, 
NECAM 96 will operate both in the 
Slave and Master modes. In Master 
mode, the deck may be controlled by 
NECAM, or any other control (tape 
remote, the deck's own controls, etc.) at 
any time. In Slave, NECAM doesn't 
attempt to control the deck. Thus we 
provide either mode to the operator. 

Also, it is with pleasure that I have 
read the interview [in the same issue] 
with Bob Clearmountain. One small 
correction I would suggest involves a 
comment Bob made about it being 
impossible to trim levels on the NECAM 
as you can with a VCA automation sys- 
tem. As I noted above, all NECAM fad- 
ers, past and present, allow just the 
kinds of "relative ride" that Bob spoke 
of. All you do it flip the fader switch to 
"R" for Relative, and make the relative 
adjustment as you like. 

Thanks for this opportunity to com- 
ment. As always, I'm happy to discuss 
this fun subject with anyone who cares 
to call. 

George Massenburg, 
GML, Inc., replies: 

Allow me to address Doug Dickey first 
as a designer. Then I have a few 
thoughts as either a recording engineer 
or an artist, depending on one's aesthet- 
ics, or sales, or both. 

I agree with Doug; it is tiresome if not 
boring to hear of more complaints about 
VCAs. Rather than add to the endless 
VCA dialog, GML shall continue to 
respond to specific user needs and 
requests. It appears that SSL is of this 
same mind, as they have been looking at 
servo- motors for some time now. I leave 
the reader to speculate on exactly how 
they will be put to use. 

GML has an open posture on its many 
developments. We have demonstrated 
our system to a great many people, 
including Mr. Dickey himself. Our sys- 
tems accurately and regularly convert 
SSL data, assuming that one enters the 
SSL group assignments; SSL has ne- 
glected to provide for recalling this in 
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their software. It is important to note 
that our various conversion software 
tools were written solely in response to 
customer demand. SSL conversion was 
intended as a tool rather than a 
provocation. 

After much research on various SSL 
consoles and many mixes, we have 
found that SSL stores fader data in 8 -bit 
format, dB- linear (we store 10 -bit dB- 
linear). We convert this faithfully and 
would be more than happy to show 
anyone our research data. 

When we are requested to write soft- 
ware to convert from GML format to 
SSL format, we will do so expeditiously. 

Now, as an engineer. 
I can only add that I have made 

recordings on a great many consoles in 
the 21 odd years I have been chasing 
down the chimera. I honestly have no 
ultimate conclusions as to what elec- 
tronics guarantee a great recording, and 
I don't trust that anyone else does, 
either. GML or SSL automation has 
made the time I spend in the control 
room far more productive. Just this 
summer I did the Philip Bailey /Phil 
Collins record on SSL and GML con- 
soles; I moved SSL data to a GML con- 
sole to mix two tunes. It works. Record's 
doing fine, thank you very much. 

I think that it would be helpful to 
expand this concept - to move between 
consoles and facilities in the course of 
doing a record. 

I can only hope that I can interest 
various parties to respond to my recent 
request for participation in an industry- 
wide automation seminar to be held at 
the Anaheim AES Convention in May. I 
have recently the assurances that SSL 
shall themselves participate. 

Editor's note: The following letter 
arrived at R -e /p after the previous cor- 
respondence had been received. Its 
author is not connected in any way with 
either Neve or GML. 

SERVO -FADER AUTOMATION 

from: Michael J. Frenke 
Independent recording 
engineer 
Los Angeles, CA 

The December 1984 article on the 
GML Automation System, by Denis 
Degher was, in my opinion, a bit too 
brief compared to the article on Neve 
NECAM 96. It was knowledgeable read 
ing, no doubt, yet short due to space con 

Photographic Credits and Corrections 
On the opening page to "Sound for the 

Olympics," published in the December 1984 
issue, we omitted the credit for the color 
photograph by Greg Morton; also, photo- 
graphy for the GML article was by Kathy 
Cotter. More seriously, we inadvertently 
identified the right -hand photograph on the 
opening page to "Nashville in the Eighties," 
as being Treasure Isle Studio. In fact, the 
photograph shows the interior of Music Mill - Editor. 

siderations. Morgan Martin's article on 
the NECAM 96 system was also very 
knowledgeable, and extremely descrip- 
tive; from reading the article I actually 
feel that I "know" the NECAM 96 Sys- 
tem, even though I've never used it. In 
an attempt at balancing the amount of 
information provided in both pieces, I 

feel justified in wanting to make (non- 
technical) creative types, like myself, 
aware of the advantages of the GML 
Automation System. 

As an engineer, I have experienced all 
types of systems (VCA- based, tape - 
based, moving fader, etc.) courtesy of 
MCI, SSL and GML; no slouches by any 
standards. But the amazing speed and 
accuracy of the GML system [installed 
at Conway Recorders, Hollywood] abso- 
lutely floored me. Considering the fact 
that I have really had no prior "compu- 
ter" experience besides console automa- 
tion systems, I got around that old 
Motorola like I really knew what I was 
doing. The fellows in R &D at GML did 
an amazing job of interfacing man with 
machine. 

The system's main configuration is a 
"read mode" - pure genius from a sim- 
plicity point of view. The console (and 
individual channels) can be shuttled 
back and forth between several configur- 
ations, which allows for easy updates, 
punches, groups, etc. The speed of the 
"punch" is really mind blowing. All 
information is kept on -board the con- 
sole, and constantly updated; no need to 
keep 50 mixes, because information 
data is kept in memory until you decide 
to actually go to hard disk. 

The system is also idiot -proof - there 
is no way to wipe someone else's infor- 
mation because each session /client/ 
song is clued from your personal name 
and password. 

I've never felt so strongly about a pro- 
duct to write to a publication or manu- 
facturer, but for the engineer who has 
yet to experience the GML Automation 
System, "you're not going to believe it." 
My special thanx to Buddy Brundo at 
Conway for the experience, and GML 
for the "expertise." 

QUANTEC ROOM SIMULATOR 

from: Bob Hodas 
Sausalito, CA 

I feel that I must make an addition to 
my Quantec Room Simulator review, 
published in the December 1984 issue of 
R -e /p. Marshall Electronic is no longer 
the QRS distributor in the U.S. [Distri- 
bution is now being handled by Europa 
Technologies, Venice, CA. Telephone 
(213) 392 -4985 - Editor.] As such, Mar- 
shall's upgrades and band selection of 
several analog and digital components 
for precision, matching, and sonic pur- 
ity will no longer be performed as des- 
cribed in paragraph 3 of my article. The 
QC -3 Software Control Program for the 
Apple II will still be available direct 
from Marshall; versions for the Apple 
Macintosh and IBM PC are currently 
being developed. 
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We Prove It! 
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Time Delay ., 
Reverberation 
Crossovers 
Tape Noise Reduction 
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Compressor / Limiters 
Expanders 
Spectrum Analyzers 
Parametric EQ 

Before you purchase another piece of signal processing gear for Studio or 
Performance use, you would be Wise to listen to our Demo Album. Instead of 
merely "Saying" we're Better, we Prove it in side by side comparisons with the 
competitión. You really can pay Less and get a Better product through our factory 
direct sale; ! 

We're out to set new standards for Quality and Performance as well as dollar 
value. We want you to choose us for our Quality more than our Prices. Our 15 day 
Satisfaction Guarantee and Two Year Warranty on our Crossovers. Time Delays. 
Reverberation, Compressor /Limiters, Expanders, Parametric EQ, and Tape Noise 
Reduction. allow you to purchase with Confidence. 

The Demo Album is both fun and Educational. Examples are drawn }from the 
master tapes of Top 40 Hits and show some of the most sophisticated effects ever 
devised. You will hear our phenomenal MICROPLATE° Reverb with over 18 KHz 
bandwidthlin side by side comparisons with the $7,000 EMT' Plate on percussion 
and vocals)) No other spring reverb would dare attempt such a comparison! The 
cost is incredible too, under $600 mono and 51,200 in stereo! 

Writelor call for a free 24 page Brochure and Demo Album. 
LT Sound, Dept.RP -1, P.O. Box 338, Stone Mountain, GA 30086 
TOLL FREE: 1-800-241-3005-Ext. 9 In Georgia : (404) 493 -1258 
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601R /701R " /R6M" RACK MOUNT MIXERS 

Peavey introduces the R Series, a professional line of Rack 
Mount Mixers capable of providing the musician and sound 
technician with performance levels that most console -type 
mixers costing twice the price cannot achieve. 

No longer does the industry standard of 19" dictate what you 
get in terms of features and price. The 601 R, 701 R and R6M offer 
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versatility and choice ... whether it be monaural or stereo 
configuration, 3 or 4 band equalization, balanced inputs, RIAA 
capability, outfront mixing, monitor mixing, specialized mixing 
such as keyboards, drums, etc. and even four track recording. 

For the complete run down, write for our new Monitor 
magazine or contact your nearest authorized Peavey Dealer. 
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Some thoughts on 
building a better piano. 



"We let machines do what machines 
do best and people do what they do 

hest. it's as simple as that. And "it's 
made all the difference in the world" 

Joe Kennedy, Quality Control Manager 

Joe Kennedy's story is the Baldwin piano story. 

Joe joined us in 1940 at our Cincinnati plant. 
Today he's personally responsible for every 
Baldwin that comes off the line at our newest 
facility in Trumann, Arkansas. 

And just as Joe's role has evolved, so has the 
way we do things at Baldwin. Nothing repre- 
sents that more than our state -of -the -art plant 
in Trumann. This is where we feel we've finally 
achieved that elusive balance between man and 
machine. 

Under aggressive new ownership, Baldwin 
has transformed the quality of its products from 
what has traditionally been termed "very good;' 
to distinctly superior. Not only has the pro- 
duct improved in tonal quality, but it has 
also been refined and redesigned in terms of 
cabinet appearance, interior cosmetics, 
workmanship, raw materials and engineering. 

In other words, there been a complete 
rededication to the Balduxn heritage of 
quality and a commitment to an even 
greater future. 

Representative of this new spirit is 

the major investment 
we've made in 
automated technology. 
This automation 
gives us the tooling 
that allows precision 

duplication of parts, so that each critical 
relationship is aligned, measured and set exact- 
ly to ensure quality that is unequaled in the 
industry. 

The immediate benefit of this investment is 

the cost savings we're able to pass on to our 
customers. But there's another advantage auto- 
mation gives us. It allows our people to do what 
people do best. To regulate key action or hand - 
finish fine wood cabinets, while the machines 
do what machines do best. 

With nine factories, more than 1.4 million 
square feet of plant space, and over 500 dealers, 

Baldwin is America's single largest 
piano manufacturer. 

But after all is said and done with 
technology and statistics, the Baldwin 
story is one of people. People like Joe 

Kennedy who have devoted their 
careers to making what U.H. 

Baldwin dreamed of 123 

years ago: "The best 
pianos at the best 

price:' 
So Joe Kennedy is 

right. Machines and 
people working to- 
gether are making 
all the difference in 

the world. 
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"I learned `Petrushka' on a Baldwin, 
and composed `West Side Story' 

on a Baldwin. I have a Baldwiríin 
my studio and play one just about 

everywhere I go. I guess you 
could say Baldwin is my piano?' 

Leonard Bernstein, Composer, Conductor, and Pianist 

The choice of an instrument by a distin- 
guished pianist, composer or conductor is a 
very personal decision Its a choice based on 
professional experience, and as such repre- 
sents the highest tribute an artist can pay to 
an instrument. This :s not a commercial en- 
dorsement, it's a reflection of individual taste, 
because no performer in :he world can afford to 
entrust his or her career to an instrument that 
doesn't meet their highest personal standards. 

That's why Ba_dwin takes so much pride in 
being the expressed aw continued preference 
of such a celebrated group of renowned ntusi- 
ciarrs It is the single greatest testimonial that 
can be made in support of the principles that 
guide all of us at Balcwin to build the very 
finest pianos possiole. 

What is especially gratifying is that the 
entire spectrum of the international music com- 
munity is represented by the classical, jazz 

and popular pianists, conductors. composers, 
educators, vocalists and orchestras who request 
Baldwin for performance, practice and pleasure. 

It's a remarkable list that's as rich in variety 
as it is in talent. To name only a few: Aaron 
Copkurdl Jorge Bolet, Dare Bray beck, Bill Joel. 
Zubin Mehta, Marian JIcPartkmc, Andre P, z :n. 
Liberace, George Sharing, Ronnie ,11ilsap Burt 
Bacharach and John Williams. 

But our story doesn't end cn the stage. 
Because these artists are continually invc.lvec 
in the critical evaluations of our designs - 
being asked to judge tone quality, touch. 
repetition, volume of sound and other crucial 
factors. This regular judging b,' artists makes 
a substantial contribution to the improve- 
ment of every Baldwin made, w:zether it be 
for the Metropolitan Opera or Mister Rogers' 
Neighborhood. 
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"After a week of Pink Floyd 
in here, only the 

Baldwin is still in tune. 
Rick Hart, Engineer, Producers One, Hollywood 

In a recording studio only one thing is 

asked of an instrument. It's sound. Irrespective 
of brand names, that's the bottom line. But it 

has to he reliable sound. 
If you have to tune an instrument during a 

session, you're losing time. And in the recording 
business, that means money 

That's why Baldwin has the reputation it 

does with both engineers and session players. 
Baldwin hangs in there long after the others 
have folded and gone home. 

What makes Baldwin so stable and tunable 
day after day, year after year? One reason is the 
41 -ply pinblock in our grands. It's the pinblock 
that's ultimately responsible for tuning stability. 

So the more laminations, the more stable the 
piano. By comparison, a popular competitive 

l 

grand piano has a 5 -ply pinblock. So just how 

long will our pinblock last? We honestly can't 
tell you since, to our knowledge, we've never 
had a 41 -ply pinblock fail. 

More reasons for our growing studio rep- 

utation are our patented strings and treble 
termination bars which give Baldwins such rich 
bass notes and clear highs. We use only the 
finest maple hardwood for the inner rim so the 
sound is reflected hack onto the soundboard for 

better volume and sustain qualities. 
Not surprisingly; those are also some of the 

sane reasons Baldwins sometimes cost a little 

more. But when you get down to it, what do you 

really want in your studio? A delicate instrument 
that has to be pampered, or one that can't wait 

for Pink Floyd to come back next week? 



"If over the years I've learned one 
thing about pianos, it's that the 

original purchase price rarely heals 
any relationship to the final cost" 

Tommie Pardue, Music Education Consultant, Memphis City Schools 

As funding for music education becomes 
an increasingly critical factor in school bud - 
gets, lower - priced pianos naturally become 
more attractive. But as is true of so many other 
major long -term investments, the original pur- 
chase price can be somewhat deceptive. What 
must be considered is the long-term value. 

The reason Baldwins may initially cost more 
than other pianos is because better quality 
materials go into them. And in the long run 
they're a wiser investment because of their lower 
maintenance costs and longer playing life. 

That's why so many teachers feel confident 
in recommending Baldwin to students and 
parents alike. They know that the tone, touch 
and long -term value of a 
Baldwin make it the 
piano without equal. 

The reason Baldwin is committed to the 
music educators of America is because we 

believe the future of music is in their hands. 
Together with a national advisory hoard, we've 

created a goal- oriented syllabus to assist 
teachers. We sponsor the Baldwin Music Educa- 
tion Centers, and teachers seminars. We also 

co- sponsor with the Music Teachers National 
Association the Baldwin junior Keyboard Achieve- 

ment Awards. And look for the Baldwin -spon- 
sored specials on the Arts & Entertainment 
Network this year. 

They're our way of completing the circle 
that begins at the Baldwin plants. Which in 

turn has made the Baldwin Hamilton piano 
the most popular sclxd piano in America /òr 
the past 40years. And as we strive to make an 
even better piano, we're confident that we'll 
continue to he the preferred piano for the next 
forty as well. 



"When we first introduced the SD -10, a critic 
wrote, If Beethoven had had a piano like 
this, the course of music would have been 
radically altered: IPs that kind of talk that 

keeps me going beck to the drawing board." 
Harold Conklin, Chief Piano R&D Engineer, Baldwin 

For all the professional recognition that 
Harold's received over the years, fortunately, 
none of it's gone to his head. He's still hard 
at work trying to design the perfect piano. 

Because at Baldwin we believe that perfect 
piano tone is an ideal we share with everyone 
who designs, builds, plays and services pianos. 
That's why tone has always been the preeminent 
focus of our research efforts. 

An example of this philosophy is how we 
improved the traditional string. What we came 
up with was a unique way to synchronize the 
string's longitudinal and flexural modes. The 
result is the SynchroTone® string. And it's just 
one of the many exclusive design breakthroughs 
developed for our grands that's now found in 
every piano we build. 

Another area of intense research and devel- 
opment is our electronic keyboard program. 
While others are dropping out of this partic- 
ular market, Baldwin is actually increasing its 

commitment. An example of our stake in the 
field is the fact that Baldwin is one of the few 
American keyboard manufacturers with its own 
computer -aided design and manufacturing 
(CAI) /CAM) capabilities. 

It is in this challenging environment of 
invention and experimentation that people like 
Harold Conklin thrive. They have only one 
objective: to create the very finest instruments 
possible. 

Because at Baldwin, good isn't good enough 
anymore. It must be the best. After all, that's 
what drawing boards are for. 

2 



"I don't know what they're doing at 
Baldwin, but we've never seen 

instruments of finer quality from anyone;" 
Bill Washburn, Washbuni Musicland, Phoenix 

If you've read this far, you probably know 
a little about what we're doing at Baldwin. 

We're building instruments without equal. 
And we're offering our dealers and their 

customers America's most completesiiigJle -brand 
keyboard line. Everything from portable elec- 
tronic keyboards, home organs, and classical 
church organs to spinets, consoles, full -size up- 
rights, grands and concert grands. 

All with one name. Baldwin. All with one 
purpose: to be the best instruments with the 
best value. Period. 

Because we want everyone, no matter 
what their budget, to have the kind of quality 
instruments that Baldwin makes. And we're 
doing everything we can to make that happen. 

Our comprehensive customer financing 
program is the only one of its kind. It allows 

our customèrs to realize the dream of having 
a Baldwin, whether it's for their home, their 
school, or their studio. 

Baldwin also has an unparalleled service 
system. We include a service policy with 
our warranty on every new piano. It pays a 
qualified technician $40 toward the cost of 
inspecting, adjusting and tuning your piano. 
And we have our own fleet of trucks which 
speeds deliveries and service. 

It all adds up to what we're doing for 
you at Baldwin. We're building better pianos 
and organs. 

91011 4 
R o00 MUM= (61d ó ó á ó 

Vkik Vtita ` ' 

mchdn 



This is the Baldwin story. Who we are, what 
we're doing, and where we're going. We believe 
that with the right tools and the right people, 
you can do anything. Including making the 
finest instruments possible. If you have any 
thoughts or comments you'd like to share with 
us, or would like to find out more about what 
Baldwin can do for you, please write to either 
of us personally: Dick Harrison, Chairman, or 
Harold Smith, President, Baldwin Piano & Organ 
Company, 1801 Gilbert Ave., Cincinnati3OH 45202 
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EXPOSING AUDIO MYTHOLOGY 

Laying to Rest Some of the Pro -Audio 
Industry's More Obvious "Old Wives' Tales" 

by John H. Roberts 

SInce this column marks two full 
years of "Audio Mythology," I 

thought it appropriate to look back and 
tie up a few loose ends. In Part 2 we will 
delve into yet another digital topic. Per- 
haps we should rename this column 
"Digital Mythology "? (Just kidding, 
guys.) Now onto the re -cap. 

April 1983: It seems like yesterday, 
and I still recall my trepidation at com- 
mitting my views to print. It's difficult 
to pretend you didn't say something 
when there are thousands of copies of 
R -e /p around to haunt you. Fortunately, 
the only thing I have to change about 
my first column is my bio. I resigned 
from Phoenix Audio over a year ago, 
and now am only president of one com- 
pany, Phoenix Systems. I can still be 
reached at (203) 643 -4484, but encourage 
open letters to the column so we can 
share the conversation. I don't have 
much to add on the subject of Absolute 
Polarity, other than to note that I did 
not get a single response from anyone 
claiming to hear it. Therefore I stick to 
my original suggestion that you watch 
polarity for archival purposes, but don't 
worry too much about your car speaker 
systems. 

In June '83 we described the basic lim- 
itations of PCM digital, and mentioned 
Companded Delta- Modulation in pass- 
ing. Since then, CDM has been making 
waves in Satellite links, and high - 
quality two -track recording. 

It is not a coincidence that two major 
players in CDM - dbx and Dolby - are 
both firmly rooted in the companding 
noise -reduction market. While, for a 
given bit rate, Delta Modulation gener- 
ally will have high- frequency perfor- 
mance superior to PCM, the latter con- 
tains more raw information. As 
information translates to dynamic 
range, DM is a natural for companding. 

The dbx Model 700, which has been 
well described here (See: reference #1) 
and elsewhere, beats 16 -bit PCM's 
dynamic range of 96 dB by a healthy 
margin. The ruggedness of the digital 
medium for storage or transmission 
makes tracking errors much less of a 
problem than with typical companded 
systems. Hybrid digital /analog, tech- 
niques can even improve the transient 
response. Delta Modulation may not be 
a knock -out over PCM, but it is defin- 
itely a horse race. 

In August '83 we talked about connec- 
tor polarity, distortion boxes and, in 
passing, the Patent System. I am 
pleased to note steady progress towards 
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universal acceptance of pin #2 hot. If I 
could make a suggestion, let's stop cal- 
ling pin #3 hot the "American" stand- 
ard, because it certainly isn't any 
longer. 

On the subject of patents, I repeat my 
call to take full advantage of the system. 
By law, the inventor must disclose the 
"preferred embodiment" (best ap- 
proach). By sending $1.00 and the 
magic number to the Patent and 
Trademark Office in Washington, DC 
20231, you get valuable information. 
And, while you cannot directly copy the 
technique (read the Claims carefully), 
often you will gain insight and knowl- 
edge about a given problem. Rather 
than re- inventing the wheel, you can 
stand on the shoulders of those who 
worked on a problem before you. 

October '83: On the subject of speaker 
wire, I would like to expand upon my 
original conclusion. While I still feel the 
dominant mechanism is wire resistance 
interacting with a speaker's non -flat 
impedance, there is another mechanism 
in multiway systems using passive 
crossovers. The wire resistance can 
throw off the crossover point(s), result- 
ing in various sonic consequences; 
another good reason to keep those wire 
runs as short and low -Z as possible. 

In December '83, against good advice, 
I wrote of VU meters and things dB. 
Although I wasn't struck by lightning, I 
don't know that I accomplished univer- 
sal enlightenment. At last count there 
were about a half -dozen variations on 
definitions for dBm, most linking zero 
dB to a voltage reference of 0.775 volts. 
Since none of these are strictly correct, I 
don't care which one you use. But please 
try to mention at least once within a 
given article or spec sheet exactly what 
you are defining your dB to mean. When 
specifying characteristics like maxi- 
mum input or outputs, parameters that 
are typically voltage -limited, why not 
use good old volts? The dB variant of 
your choice could be use in parallel for 
convenience without any ambiguity. 

Regarding the rather acrid sniping in 
the Letters' Column over the subject of 
dB, I would like to make one observa- 
tion: System designers often begin and 
end with acoustic power. Any technique 
of describing intermediate equipment 
gains that result in correct answers is of 
obvious merit. However, equipment 
designers are not dealing with a black 
box connected to known input and out- 
put impedances. To the circuit designer, 
the black box is the entire universe, and 
its output is a simple function of the 

input voltage. I've seen the decibel used 
to describe such voltage transfer func- 
tions (gains) in papers going way back. 
There is no historical high ground 
regarding usage. 

I believe that the circuit designer 
should accommodate the system 
designer, and provide whatever input/ 
output specification makes the job eas- 
ier. Likewise, the system designer should 
not deny the circuit designer use of the 
decibel for dealing with the voltage 
gains inside those black boxes. Let's not 
lose sight of the real issue: accurate 
transfer of information. Use internally 
whatever system works for you - just 
take care that everyone reading a spec 
sheet or article can figure out what you 
mean. 

In February '84 we discussed how 
capacitors can be non -ideal, and why 
they make so many different kinds. 

In April '84 we compiled a listing of 
how manufacturers were wiring their 
XLRs. I notice that at least one of the pin 
#3 hot companies has gone under; hope- 
fully the new startups will take the 
opportunity to do it right (pin #2 hot!) 
Any companies that have changed from 
#3 to #2 hot since publication of the sur- 
vey are welcome to drop me a line. I will 
either mention it in the column, or we 
can run it as a "Letter to the Editor." 

In April we also looked at how nega- 
tive feedback is instrumental in getting 
accurate performance out of audio 
circuits. 

In June '84 we discussed amplifier 
slew rate, and how it alone was not ade- 
quate to characterize how well an 
amplifier would perform. 

In August '84 I got back into talking 
about digital, and described "Gibb's" 
phenomenon. While I noted that the pre - 
ring of some digital or time -correct fil- 
ters was actually the ideal response, it is 
worth noting that the perfect -looking 
waveforms from CD players when play- 
ing back squarewave test disks are still 
not accounting for the time delay in the 
A/D anti -aliasing filters. Thus perfect 
playback of a test disk should show 
some additional lead. 

In October '84 I noted that digital isn't 
forever, but it is for a long time. I also 
talked about what DC servo amps do 
and do not do. 

December '84 brought a discussion, 
but, alas, not an answer to the age -old 
question: "Is it better to turn it off or 
leave it on ?" We also looked at impe- 
dance and interfacing. 

In February '85 we recapped the 
preceding two years' columns, and then 
started talking about .. . 

Hiding Behind the LSB 
It is common when analysing the per- 

formance of a digital system to stop 
looking beyond the Least Significant 
Bit, assuming that the LSB is the theo- 
retical noise floor and distortion limit. 
This is true enough for low -bit systems, 
but, as the quantization floor of a high - 
bit system drops into the input signal's 

... continued overleaf - 
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Success in the professional recording business comes tape- induced level variations from reel -to -reel, or case - 
from using the best -the best talent, the best music, to -case. And we ev3n irclude a strip chart in every box 
and the best tape. of 2" 456 to prove 1. 

That's why more of today's top recording studios With Ampex Stud o Mastering Tape you also get con - 
have the confidence to choose Ampex 2" tape over all sistency of delivery Because we stock our tape inven- 
other professional studio mastering tapes. Combined tory in the field, we're always there when you need us. 

Confidence that comes from consistency. If the ultimate su,ceEs in a studio mastering tape is 
Proven consistency. Proven by testing every reel of measured by more hit records from more top recording 

Ampex Grand Master" 456 end -to -end and edge -to- stars, then Ampex 3rof3ssional studio mastering tape 
edge, to make certain you get virtually no AM PEX is the rrost successful tape in the world. 
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noise, a phenomenon known as "dither- bit linearity, or 12 -bit D /As with 14 -bit linearity in a D/A will occur at one or 
ing" can occur (See: reference #2). High - 
frequency noise riding on top of a low - 
level signal causes the LSB to toggle 
rapidly. Rather than turning low -level 
signals into a squarewave at the quan- 
tization limit, the LSB is duty -cycle 
modulated. The output anti -image filter 
will integrate and recover the original 
signal at levels well below the LSB (See 
reference #2 for more information about 
the requirements for effective dithering.) 

Properly dithered, the LSB is no 
longer a limit to a digital system's accu- 
racy or linearity - the limitation now is 
the tracking between bits. PCM's ability 
to compress so much information into so 
few bits (16 bits = 65,536 quantums) is 
accomplished by weighing each bit 
twice as heavily as its neighbor. By 
doubling across a 16 -bit word you get a 
MSB (Most Significant Bit) that is 
32,768 times greater than the LSB. If 
that ratio is off by one part in 32,000, you 
may as well be using a 15 -bit system. 

A/D convertors will not work prop- 
erly if these ratios do not track better 
than 1 LSB. D/A convertors have no 
such restraint, however, and it is not 
uncommon to see 14 -hit 1) As with 12- 

linearity. Unlike dynamic range, which 
will be a simple function of the number 
of bits, linearity - and thus distortion - has no such theoretical linkage. The 
D/ A's non -linearity will add to that of 
the A/D (less than 1 LSB) to determine 
total system non- linearity. 

A circuit trick available to closed -loop 
designs involves the use of a very fast 
D/A for both output and input circuits. 
(A /Ds have a D/A inside.) A first -order 
cancellation of non -linearity will occur. 
Unfortunately, this technique is push- 
ing the speed limit of present circuitry, 
and any digital code so generated will 
only benefit from playback on that one 
system. 

What Does It All Mean? 
This is a tough one to characterize. 

The distortion mechanism is almost 
exactly opposite typical analog non - 
linearity, being insignificant for large 
signals and peaking near the quantiza- 
tion floor for a properly dithered signal. 
While I expect a severe non- linearity to 
be audible, I'm not even sure what to 
listen for. Non- linearity in analog cir- 
cuitry is nice and predictable: non- 

more bit transitions, and be expressed 
whenever that bit switches. Note: 
Measuring sinewave THD at -20 dB or 
-30 dB will not tell the whole story, since 
such a signal will not exercise every bit 
transition. A test more like the good old 
SMPTE IM distortion - but with, say, I 
kHz instead of the 7 kHz riding on top of 
the larger 60 Hz waveform - would be 
more informative since it could involve 
all major bit transitions. 

In conclusion, a given bit rate does not 
predict or limit signal purity. A system 
can be more or less (usually less) linear 
than its quantization limit. While I 

expect consumer digital gear to be more 
variable, it is worth considering that all 
16 -bit systems are not created equal. 

Reading for extra credit. 
1. "The dbx Model 700 Digital Audio 
Processor; Design Parameters and Sys- 
tems Implementation," by Robert W. 
Adams; R -e- p October 1982, page 150. 
2. J. Vanderkooy and S.P. Lipshitz, 
"Resolution Below the Least Signifi- 
cant Bit in Digital Systems with Dither," 
J. Audio Eng. Soc., Vol. 32; pp. 106 -113, 
March 1984. N 

INDUSTRY FORU 
Professional Audio Discussion Topics 

SUGGESTED AGENDA FOR A FORUM ON AUDIO 

POST- PRODUCTION MACHINE CONTROL STANDARDS 
from Steve Krampf, VP Sales and Marketing, Otari Corporation 

Editor's Note: From time to time there emerges from within the pro -audio 
industry certain topics of discussion that have far -reaching implications for the 
recording studio, audio -for -video, film post production, and related areas. One 
such topic is the development of a "standardized" interface for connecting audio 
and videotape transports to automated consoles and editing systems, to enable 
centralized control of all audio post production and editing functions, plus 
standard remote and locate capabilities. While several organizations are devel- 
oping interface and connection protocol to achieve such machine control - 
including the Society of Motion Picture and Television Engineers (SMPTE), the 
European Broadcasting Union (EBU), and synchronizer manufacturers - 
many studio engineers are still unclear what features these interfaces will pro- 
vide, and how they can be implemented. To address the problem of ensuring that 
any proposed standard will satisfy the current and future needs of our industry, 
Otari has prepared the following proposal for a Forum that, hopefully, can 
answer the multitude of questions relating to machine -control standardization. 
The theme of Otari's involvement in 

this forum, and indeed a major focus in 
terms of product development, is to 
promote cost- effective interfaces which 
will lead to an expansion of the audio 
post -production marketplace. Our in- 
dustry can indeed champion the cause 
of audio for all levels of picture produc- 
tion, not just features and expensive 
commercials. 

If our industry can forge cost effec- 
tive, supportable interfaces, then more 

production people could justify the 
investment in Audio Post Production, 
i.e., audio for film and video. Our feeling 
is that APP is still in its infancy. Cur- 
rently, the interface of all necessary 
equipment requires a considerable 
amount of engineering talent. Because 
of this, only a small percentage of poten- 
tial facilities can financially justify, or 
have access to, the required engineering 
expertise. Even if a production company 
can make meaningful income projec- 

tions, they find it difficult to project a 
meaningful capital and expense budget 
under present circumstances. 

Those facilities with in -house design 
engineering will always have the edge. 
But we believe, as noted before, the APP 
market is much deeper than we have all 
been experiencing. There are other lev- 
els of customers - such as those in the 
expansive industrial market - that 
have, in general, not included serious 
audio post production in their systems 
or productions. 

Plug- compatible interfaces (known as 
PCM in the computer industry) can be 
cost effective; this level of standardiza- 
tion can provide the boost and incentive 
necessary for the remaining facilities to 
invest. 

Proposed Questions 
SMPTE /EBU Serial Interface Standard: 

Does the "evolving SMPTE /EBU 
serial interface standard" meet the 
present and future needs of the APP 
industry in terms of: 

1 - expense per node; 
2 - speed of data transfer; 
3 - other considerations the industry 

thinks are important. 
Other SMPTE /EBU interface ques- 

tions: 
a) What is the status of the 

SMPTE /EBU protocol, in your opinion? 
b) At what machine -command level 

will you be compatible? 
1. Addressing the transport 

(basic) functions of the machine 
e.g., FF, Play, etc. as a serial 
remote. 

or 
2. Addressing the "intelligent" 

... continued overleo/ - 
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functions of the machine. For 
example: Go To a timecode ad- 
dress; or Chase the master. 

c) Do you believe that there should be 
a certification process to allow a manu- 
facturer to claim a certain level of 
"SMPTE /EBU Compatibility ?" 

d) Do you expect an audio machine to 
either self - resolve, or emulate a video 
machine? 

e) Are you advocating a star or buss 
transmission system? 

f) Do you incorporate a time line i.e., 
time -of -day clock? Why yes or Why no! 

g) Is timecode information distrib- 
uted? If so, is it raw SMPTE /EBU LTC, 
SMPTE /EBU VITC, or timecode data? 

h) What is your sub -frame resolution? 
e.g., 1 /80th, 1 /100th? 

i) How do you handle multitrack 
channel addressing? Can additional 
insert edits (punch -ins) be programmed 
or manually entered after a given 
number are originally assigned? 

RS -232 Questions: 
Which products utilize RS -232 interfa- 

ces? Are they supported, and is their 
protocol compatible with: 

1. Adams -Smith 
2. Audio Kinetics 
3. BTX 
4. CMX 
5. Any others 
Do these RS -232 protocols serve a val- 

uable need today? In the future? 

Suggestions for the Form of Answers: 
Basic Architecture: Provide suggested 

block diagrams for the interface of each 
manufacturer's (machine, controller inc. 
console mfg's., synchronizing) products 
in the different type of systems that they 
envision selling to. 

List of different interfaces available 
for each product. In a given case, a 
manufacturer's proprietary interface 
might be acceptable, if it is more cost 
effective or yields enhanced perfor- 
mance. We feel, however, that they 
should also offer industry- standard 
interfaces. List of existing machines 
with existing interfaces. 

Timecode Questions: 
How should the industry handle dif- 

ferent time bases such as film and video 
(EBU and NTSC)? 

How do we treat DF and NDF, even if 
they are in the same time base? As we 
discussed in our last correspondence 
[ "Letters" page, December 1984 issue], 
hopefully they will be. 

How should VITC timecode be inte- 
grated into systems? Presently there is 
no widespread editing use for VITC, 
because very few audio and video edi- 
tor /synchronizers contain a VITC input. 
Is Longitudinal Timecode conversion a 
good idea? Is a VITC data interface a 
better idea? Should that interface be 
parallel or serial? 
System Upgrade and Flexibility: 
What are the manufacturer's function 

life cycle, for machines, for editors, etc? 
Is there a different life cycle [deprecia- 
tion schedule] for electronic hardware 
intensive, electronic software intensive, 
and electro- mechanical equipment? 

News 
INTERLOCKED MITSUBISHI 

X -800 MULTITRACKS USED ON 
"WE ARE THE WORLD" 

BENEFIT SESSIONS 
At press time, the final remix of the 

USA for Africa "super- session" benefit 
song, "We Are The World," which fea- 
tures a literal who's who from the 
recording industry, was taking place at 
Lion Share Studios, Los Angeles, with 
two Mitsubishi X -800 digital 32- tracks 
running in SMPTE timecode interlock. 
Producing the session is Quincy Jones, 
with engineers Humberto Gatica and 
John Guess, plus assistants Larry Fer- 
gusson and Khaliq Glover. We under- 
stand that the final decision regarding 
the mastering format - either Mitsubi- 
shi X -80 digital, or analog two -track - 
has yet to be resolved. 

Royalties from record sales will be 
donated to charity; it is also stated that 
everyone involved on the project is 
donating their time and services free of 
charge. 

Basic tracks for the song, co- written 
.. News continues on page 36 - 
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VALLEY PEOPLE :o 
Timing is Everything in Life... 

And, it's no different with technology. The 
Model 610 Dual Compressor /Expander is engineered 
to fulfill today's production demands by delivering 
the desired end result time after time. 

Consider the 610's interactive Expanded 
Compression mode. With this method of operation, 
the audio signal may he compressed to reduce dy- 
namic range, and the expander may he used to re- 
duce the residual noise which would otherwise he 
"pumped up" or accentuated by the compres- 
sion process in the presence of low -level 
passages or pauses. 

Only the symmetrical release cou- 
pling circuitry employed in the Model 610 
can deliver a truly imperceptible transi- 

Lion between compression and expansion. Devices 
using less sophisticated circuitry introduce "turn -on" 
noise at the end of the compression process or allow 
noise level to recover before downward expansion 
takes place to cancel it. Unfortunately, instead of 
solving a problem these devices introduce a new one. 

You'll find that all operational modes of the 
Model 610 deliver unsurpassed, problem- solving per- 
formance. And, operation of the unit is simple 

and intuitive, so that you get immediate results! 

Isn't it time that %,)u own a 610? 

VALLEY PEOPLE, INC. 
P.O. Box 40306/2817 Erica Place 
Nashville, Tenn. 37204 615- 383 -4737 
TELEX 558610 VAL PEOPLE NAS 
Export: Gotham Export Corporation. NY. NY/Telex 129269 
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s ar 
stuck a 9- toot 
grand onto a tiny 

chip ... a world-class spea 
is the way to hear it . Because e 

system designed only for "traditionar' 
sounds can't live up to the powerful levels 
and complex timbres of electronical y- 
created music. 

That's why we created the 380SE. 

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

Attention to Detail 
The digital wizards must master eve -y 
detail of their technology. A speaker 
designed for electronic music gives II- ern 
the freedom to concentrate on sound 
creation rather than sound reproductior. 

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

And as you can see, we didn't overlook :he 
visual details. The 380SE's appearance is 
visual confirmation of its class. The 
380SE's performance proves its ability to 
handle electronic music. 

That's what being 
synthable is all about. 
For complete technical data, call or write 

TOA Electronics, Inc. 
480 Carlton Court 
So. San Francisco, CA 94080 
(415) 588 -2538 
In Canada TOA Electronics, Inc. 
10712 -181 Street 
Edmonton , Alberta T5S 1K8 
(403) 489 -5511 

© 1984 TOA Electronics. Inc 
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INDUSTRY INVENTIVENESS 
IN THE EIGHTIES 

Professional Music Analysis: An Evaluation 
Program for Engineers, Producers, and Musicians 

Wanting to Break into the Music Business 
by James Riordan 

Everyone working in the Music Bus- 
iness knows how hard it is to try to 

get your tapes heard. There are thou- 
sands of people trying to break into the 

industry, but very few openings. Major 
record labels receive better than a 
hundred tapes a week from artists try- 
ing to land a deal. Unfortunately, many 
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of these people have no chance at all. A 
high proportion of them are so far off the 
mark that they're wasting everybody's 
time, especially their own. 

The main problem is that, by and 
large, there is no way for outsiders to 
intelligently evaluate their chances at 
commercial success, or to learn what 
they must do to improve those odds. In 
reality, the only people qualified to pro- 
vide them that information are being 
smothered by demo tapes that they 
cannot possibly find time to listen to, 
much less comment on. So the tapes 
keep pouring into A &R departments, 
and sometimes the potential superstar, 
along with the strictly amateurs, get 
lost in the shuffle. 

This has always been the problem in 
just about every area of our industry. 
Those who wanted a career in the music 
business had to be prepared to "pay 
their dues," and "keep knocking on 
doors" until they got a break. But get- 
ting that break very often meant having 
one person who was in position of power 
to take the time to sincerely evaluate 
what you had to offer. Once a real indus- 
try pro gave you some direction on how 
to better your act - in terms of perfor- 
mance, technique, and production - 
things might start to become easier. 
Sooner or later, after enough direction 
and "'connections" with people who 
could help you, something might possi- 
bly work out. 

The same scenario is essentially true 
for a career as a recording engineer, ses- 
sion musician, songwriter, or the next 
singing sensation; there simply aren't 
very many ways you can go. The chief 
drawback to obtaining solid career 
advice is that the people who knew 
enough to give it were far too busy doing 
it to takeout time to instruct you. If you 
set your sights on becoming a top ses- 
sion engineer, for example, you have to 
get experience anywhere you can, and 
then wait for a chance to work with a big 
name who could show you the inside 
tips and shortcuts necessary for career - 
success. No matter what field you were 
interested in, there seems to be no way to 
really find out your potential 'without 
putting in years of dues. 

Recently some well established music 
professionals joined forces to provide 
one possible solution to this dilemma. 
The goal of the new company, known as 
Professional Music Analysis (or PMA), 
is to provide professional input for a 
variety of career areas. Essentially, the 
new service works as follows: A tape is 
submitted for evaluation in any one of 
12 categories, and then passed to a lead- 
ing professional in that category for 
evaluation. The pro listens to the tape 
and gives his input by using an evalua- 
tion format established by PMA. The 
applicant then receives a copy of the 
evaluation, plus a personalized sum- 
mary written by the evaluator. A photo 
and biography of the evaluator is also 
included in the evaluation kit. 

. . continued overleaf - 
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THE SOUND TECH 
1500 SERIES TEST SYSTEM 

With a microprocessor -controlled 
Sound Tech 1500 Series test set. you can 
sort out the fiction from the facts -quickly 
and easily. Audio manufacturers the world 
over have come to rely on the 1500 Series. 
As high -tech goes higher and time seems 
to get shorter, the benefits of having im- 
mediate. precise and critical test data gets 
even greater. And that's where a Sound 
Tech 1510A comes in -on your bench, or in 
the trench. 

Whether you're a design engineer or 
you have the technical responsibility for 
keeping your facilities up and running, the 
1510A is designed to perform all the neces- 
sary tests for maintenance. troubleshooting 
and general check -out of any professional 
audio device like: tape recorders. film 
machines, mixing consoles. signal pro- 
cessing equipment, turntables -you name 
it. With the 1510A's exclusive asynchronous 
IIO. it's practically a mandatory piece of 
gear for remote location tests for satellite 
transmission. conventional transmitters or 
broadcast studio checks. 

When a pro needs to know the truth . 
he can select from over fourteen different 
test programs that are stored in the 1510A 
Because the instrument is modular, you car. 
easily add options like a one -third octave 
spectral analysis card for noise & flutter 
measurements. a GPIB IEEE -488 computer 
communications interface, an MOL level 
test, and more. Much more. 

With the 1510A's built -in CRT. you 
have easy to read and interpret alpha- 
numeric and graphical data (on applicable 
tests). If you add our peripheral printer. you 
can have a hardcopy of anything displayed 
on the 1510A's CRT display- accurate. 
verifiable evidence. 

Whether you push pencils or faders . 

there isn't an all -in -one audio test system 
around that can do everything the 1510A 
has been designed to do -as fast and as 
easy. 

Contact us now for full technical and 
applications information. See for yourself 
why there are more than 1.000 users who 
already know something you should. 

S SOUND i TECHNOLOGY 
1400 Dell Avenue 
Campbell. California 95008 
(408) 378 -6540 Telex: 357445 

The 
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put 
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Facilities courtesy of Editel Corp. 



The greatest innovation in audio mixing 
has just gotten better: Necam 96. 

Picture courtes 
Atlantic Studios, N.Y. 

The challenge: Take a technological triumph, Necam II, a 
computer -assisted audio mixing system, and make it better 
by making it faster, more informative. m are intelligent and 
loaded with exciting features. 
The result: Necam -96 

Incredible speed: Feather-touch sensitive faders eliminate 
hundreds of intermediate steps for lightning -fast operation. 
'total Information ('olor Video Display: Our 

high -resolution display tells where you are at a l 

glance, including time code, mix names, event 
times, scene changes and more: all labels, mutes, 
stores and events can be rapidly changed. 

Unique Intelligent Ilback: With or without updates. 
The faders move to where they need to be automatically - 
no PEC /Direct comparison needed. Sophisticated effects 
build up a snap. 

Smart Keys: Our human -engineered software is the fastest 
ever developed to eliminate repetitive keystrokes. 

lechnological Sophistication: Necam 96 will interface 
with any synchronizer as master or slave; read 
SMPTE time code, foot /frame counts, or even 
tacho pulses. 
"lake the next step. For further information call 
Nt ve at (203) 744 -6230 or write: 

RUPE RT NIiVI{ INCORPORATED: I): Kerkshire Incustrial Park, Bethel. ('T (16801 (21)3) 744- 62M)T2Iex 969638.7533 Sunset Blvd., Hollywood. CA 9(5)46 

(213)874- 8124RUPIiR "I NEVI.UI ('ANAI)A.I :I ). represented by: Sonotechniyue ,25315 Bates. St.ite314, Montreal. PQ.H3SIA9C'anada(514)739 -336tí 

Telex (155 -62171 NEVE FI.I ('T'RONI( S INTERNATIONAL. 1 :I1). Cambridge House, Slelboum. Royston, Hertfordshire, S(i86AU England Phone (0763) 

60776 RI l'1 RI NEVI (inhH: 61(5) Darmstadt Bismarckstrassc 114, West Germany Phone (06151) 81764. 



The key to the program is the evaluation format which, 
according to PMA founder Boyd Hunt, took over a year to 
develop. (Hunt also founded what is described as the 
world's largest musician referral service, Professional 
Musicians Referral, based in Minneapolis.) The evaluation 
format breaks down each major career category into sev- 
eral subcategories, each of which is then further defined 
and divided into problem areas, suggestions, and tips for 
improvement. Each subcategory receives an individual rat- 
ing, and an overall rating is also given to each submission. 

An example of the procedure might be the category of 
"DRUMS." Drummers who submit tapes are evaluated by 
top drummers, such as Ed Shaunessy of the Tonight Show 
Band, or Andre Fischer (formerly of Rufus). Drums are 
broken down into several subcategories, including Techni- 
cal Ability, Continuity With Bass, Tempo, Rhythm Parts, 
Tonal Quality, and so on. Each of these is further divided 
into elements such as Dexterity, Tuning and Clarity, for 
example under the Technical Ability subcategory. Vocal- 
ists are rated under categories such as Articulation, Pitch, 
Phrasing, and so on. 

The available categories include Vocals, Guitar, Drum, 
Bass, Keyboard (and Synthesizers), Horns & Reeds, 
Strings, Percussion, Original Songs, Groups, Engineers, 
and Producers. The engineering category was said to be one 
of the hardest to compile, and requires an extensive infor- 
mation sheet completed by the applicant. Although, mate- 
rial within all other categories may be submitted only on 
cassettes, engineers, on the other hand, are encouraged to 
submit reel -to -reel 'A -inch, 15 ips tapes with a full set of 
alignment tones. 

The engineering category provides input on such sub- 
categories as Microphone Selection and Placement, Physi- 
cal Room Setup, Tape Information, Track Breakdown, Sig- 
nal Procesing, and more. The engineering evaluation 
format was created by Joel Fein, an Emmy winner and 
Oscar nominee who formerly served as chief engineer at 
The Village Recorder, Los Angeles. 

Other names associated with PMA include Grammy 
Award -winning saxophonist Ernie Watts, former Fleet- 
wood Mac guitarist and solo artist, Bob Welch, songwriter/ - 
producer Dennis Lambert, bassist Tim Bogert (of the 
Vanilla Fudge, and Beck, Bogert & Appice), Grammy 
Award -winning record producer Bob Monaco, songwriter 
John Madera, and vocalist Sylvia Shemwell. In addition, 
several leading record label and publishing executives from 
Capitol, Motown, and many other companies are also PMA 
Evaluators. According to Hunt, every evaluator is a well 
established music industry professional. 

PMA stresses that they are not in the business of discov- 
ering new talent, and they do not function as an employ- 
ment agency. Because of the contact between those seeking 
new talent and those that possess it, there is bound to be 
some eventual success in these areas, but that is not the 
thrust of the organization, Hunt stresses. 

The people behind PMA feel that they provide a much 
needed service for all levels of talent in the music industry. 
According to Hunt, the company's long -range success will 
be based on repeat business with client following the advice 
of their evaluator and resubmitting another tape for further 
input. 

PMA provides direct access to some of the top profession- 
als working in the industry -a major achievement in itself - but the really exciting aspect of this new company, in this 
writer's opinion at least, is that someone is taking a step to 
bring some long overdue structure to the music industry. 

For years I have been hearing negative comment after 
negative comment about the problem of too many demo 
tapes being submitted to record companies and publishers. 
(And have seen the entire corner of a room stacked halfway 
to the ceiling with unauditioned tapes.) At last an organiza- 
tion is attempting to remedy this problem in possibly the 
only way that it can be solved: through the formation of a 
profitable enterprise providing a real service, which repres- 
ents a good example of Industry Inventiveness in the Eight- 
ies. 

TLM 
170 

Improving on the Unimprovable. 
18 dB greater overload and 
4 dB lower noise than a U 87 

1985 
REDUCED 

PRICES 

1 

The entire NEUMANN collection_ s now 
even more affordable. Phone or write today 
for a brochure and our new price list. 

AUDIO CORPORATION 
741 Washington St. New York, NY 10014 

(212) 741 -7411 West Coast Office: (818) 841 -1111 
Gotham Canada: (416) 665 -2542 

February 1985 R -e /p 35 



i\ cws 
- continued from page 30 .. . 

by Lionel Richie and Michael Jackson, 
were recorded on X -800 digital multi- 
track at Lion Share on January 22, with 
producer /conductor Jones assisted by 
Tom Bahler, and Gatica at the console. 
Musicians on the date included key - 
boardists Michael Boddicker and Greg 
Phillinganes; synthesizer players John 
Barnes and Michael Melvoin; bassist 
Lewis Johnson; and drummer John 
Robinson. Also on the session were 
Toto's Steve Porcaro and David Paich, 
Paulinho daCosta, Ian Underwood, 
Michael Omartian, and Marcus Ryles. 
Guide vocals on the date were by Richie 
and Jackson. 

Six days later, following the Ameri- 
can Music Awards ceremonies, several 
dozen vocalists and musicians gathered 
at A &M Studios, Hollywood, to record 
lead and backing vocals. Prior to the 
overdub date, Gatica and Guess had 
bounced over several guide /cue tracks 
to a second X -800 multitrack, which was 
taken to A &M for the "super- session." 
Vocalists recorded on the overdubs 
included Harry Belafonte, Dan Ayk- 
royd, Lindsey Buckingham, Kim 
Carnes, Ray Charles, Bob Dylan, Sheila 
E, Daryl Hall and John Oates, James 
Ingram, Jackie Jackson, LaToya Jack- 
son, Marlon, Michael, Randy and Tito 

A gathering of 45 recording artists who came together on January 28 at A &M 
Studios, Los Angeles to record vocal overdubs for "We Are The World." 

Jackson, Al Jarreau, Billy Joel, Quincy 
Jones, Cyndi Lauper, Huey Lewis and 
the News, Kenny Loggins, Bette Midler, 
Willie Nelson, Jeffrey Osborne, Steve 
Perry, The Pointer Sisters, Lionel Richie, 
Smokey Robinson, Kenny Rogers, 
Diana Ross, Paul Simon, Bruce Spring - 
steen, Tina Turner, Dionne Warwick, 
and Stevie Wonder. 

Returning to Lion Share with the dig- 

ital multitrack tapes, Jones, Gatica, and 
Guess have begun the process of remix- 
ing the various tapes. Gatica says that 
the 25 overdubbed vocal tracks were 
combined and recorded on 16 open 
tracks on the master. During the track - 
bouncing stages, the engineer also 
points out that various drum tracks also 
were spun in from an interlocked analog 

... MORE NEWS on page 196 - 

Introducing the 5th 
(9th, 17th, or 25th) 

track. 
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Orban makes an amazing little device that greatly ex- 
pands your multitrack capabilities. Our new 245F 
Stereo Synthesizer uses a patented technique for 
processing mono tracks into pseudo-stereo during 
mixdown. So you can save tracks by recording in- 
struments like drums, strings, synthesizer, organ, 
horns, or electric guitar in mono, and then expanding 
them into convincing pseudo- stereo during the mix 
rather than taking two tracks. 
The 245F is particularly useful in processing intrin- 
sically mono sources -like many electric and elec- 
tronic instruments. And unlike many other ambience - 
generating techniques, our stereo synthesis is com- 
pletely mono -compatible: There's no phase cancella- 
tion or comb -filtering when the stereo channels are 
summed. 
For $399, you won't find a better, more cost -effective 
way to save tracks and get more on your master. 
Call or write for details. 

Of ° Orban Associates Inc. 645 Bryant St. 
A San Francisco, CA 94107 (415) 957 -1067 

Telex: 17 -1480 

For additional information circle #20 



Creative choice is what TASCAM's broad line of 
professional mixing consoles is all about. 

Whether you're polishing your musical skills or 
polishing your fourth gold album, opening up your audio 
to video, or cpening up your own studio, TASCAM's 
comprehensive mixer selection lets you focus on your 
specific music needs. 

Starting with our M -30, we've packed more artistic 
choice into a modestly -priced package than any console 
in the industry. This versatile 8x4 is ideal for everything 
from basic recording to video production and 
comprehensive small studio applications. 

Increased flexibility highlights the M -30's big 
brother, our M -35. This durable 8x4 combines wide - 
ranging function capabilities with operating ease. The 
M -35 features 4 separate sub groups, solo, independent 
monitoring, built -in effects loop, and much more. 

For more elaborate production demands, our rugged 
new M -520 console gives exceptional precision and 
complete control of your 8 and 16 track recording, over- 
dubbing and mix down. The M -520's creative options 
include multiple inputs per channel, 8 independent 
subgroups, stereo solo -in- place, PFL, balanced and 
unbalanced inputs and outputs, multiple auxiliary 
mixes, and lcng -throw faders. 

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

See your TASCAM dealer today. He 'll tell you 
about these and a wide range of other professional 
TASCAM mixers, and get you hands -on with the console 
that was built for you. Or write for more information to 
TASCAM, TEAC Professional Division, 7733 Telegraph 
Road, Montebello, CA 90640, (213) 726 -0303. 
Copyri. ht 1984TEA _ Corporation of America 

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

Tascam 
Recording 
Consoles. 

Mix 
With The 

Professionals. 

3 
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PRODUCTION VIEWPOINT 
R -e /p (Mel Lambert): How did the L.A. 
recording scene in the early Seventies 
compare with the world you were used to 
in Boston? 
Joe Chiccarelli: Very different. Hav- 
ing engineered my own sessions in Bos- 
ton for a lot of years, I kind of became a 
big fish in a small pond. Having moved 
to L.A., all of a sudden you're getting 
coffee for people! Which can be bit of a 
blow to your ego! 

My first session at Cherokee was a 
demo for an unsigned band whose name 
I can't remember, but the drummer was 
Craig Krumpf. He was an incredible 
studio drummer from L.A.; I've since 
used him on a lot of sessions. And the 
singer was Steve Perry, now with Jour- 
ney! I kind of went: "If this is the caliber 
of muscianship out here, this is the 
major leagues." Not to say there isn't 
any great music in Boston, but out here 
it was unbelievable. 

R -e /p (Mel Lambert): Apart from a cou- 
ple of major studios, Boston is usually 
considered more of a demo city, because 
of the music colleges, and the large 
number of musicians living there. 
Joe Chiccarelli: Exactly. Boston's a 
learning ground. I was back there some 
months ago, and there's a lot of small 
record labels producing New Music. 
There's a lot more studios nowadays. 

It's not being overshadowed by Nev, 
York so much these days. When I 

worked there, it was very frustrating 
because anybody who got a record deal 
would move to New York to produce 
their record. I was pretty lucky, though, 
because I got to work with some really 
good people back there. I did some work 
with John Payne, who was a jazz artist 
and played with Van Morrison. I did an 
album with James Montgomery, and a 
lot of demos with Tom Scholz, from the 
band Boston. There was a lot of talent 
back there. 

R -e /p (Mel Lambert): How did the ses- 
sions with Frank Zappa come about? 
Joe Chiccarelli: Working at Cherokee, 
I was pretty much the low man on the 
totem pole, in terms of all the other 
second engineers there. Frank booked 
in, and he has something of a reputation 
of maybe being a little bit "demanding." 
So they booked me on the session, figur- 
ing that since I was easy -going, which I 
am, I would be able to cope with the 
session. I can't remember the exact cir- 
cumstances, but Frank had just come 
back from a tour in Europe. His engi- 
neer, Davey Moore, was tied up in 
Europe, and wouldn't be here on time. 
As a result, Frank initially booked in 
just to listen to some live tapes. When he 
got into the studio he was pretty pleased 
with them, and immediately wanted to 
start overdubbing. 

So here I was: I had been at Cherokee 
for maybe six months, had done a few 
little engineering dates, and here was 
Zappa really anxious to work on his 

There has been a growing trend in recent years for engineers to have 
aspirations towards co- production and producer status. But, as 
many have found to their cost, numerous additional skills are 
required on a session, beyond the technical aspects. One engineer - 
producer that has met with great success since making that upward 
move is Joe Chiccarelli. Having begun his career in Boston, he 
relocated to the West Coast in the late Seventies. Formative early 
sessions with Frank Zappa (Sheik Yerbouti and Joe's Garage), Poco 
(Legend and Inanammorata), Juice Newton (Juice and Dirty Looks), 
and Oingo Boingo (three soundtrack albums) lead to recent assign- 
ments with Glenn Frey, Romeo Void, Van Stevenson, The Bangles, 
and Stan Ridgeway. Throughout his transition from engineer to 
producer, Joe Chiccarelli has maintained a close contact with the 
"essence" of producing records: to put the artist at ease, conse- 
quently establishing a cohesive identity on a track. R -e /p caught up 
with the engineer /producer at Sound Castle Studios, Los Angeles, 
during a break in sessions with Robert Tepper. 
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"I'm sure that I have a `sound' that is probably continuous 
through a lot of records that I've made. But I really hope that 

I'm `invisible'in terms of the final sound of the record, 
and that it really sounds like the artist." 

Joe eiiiei 
material. I was, of course, very nervous. 
Anyway, we started doing some guitar 
overdubs and some vocals, and it all 
seemed to work out really well. We got 
along great. 

R- a /p :Zappa is pretty technical, isn't 
he? He seems capable of finding his way 
around the equipment, and now owns a 
Sony PCM -3324 digital multitrack. Do 
you think that, because you had engi- 
neered full sessions in Boston - even 
though you were now seconding at Che- 
rokee - you were able to get into the 
mood more quickly? 
JC:Probably the fact that at that time I 
wasn't a very strong force in the studio - I didn't have a lot of preconceived 
ideas as to how I thought Zappa should 
sound, or how I thought his record 
should be produced - made it very easy 
for me to fit into the situation with him. 
He could direct me in the way he wanted 
the record to sound. Frank always has a 
certain sound in mind, and really wants 
to hear that. However, he does give you 
a lot of freedom. All artists have their 
own "sound," and you really cannot 
take that out of them. You can enhance 
or strengthen their weaknesses, and 
play up the things that make them, say, 
Frank Zappa, or whoever it might be, 
but artists do have certain things that 
they look for in sound. 

R -e /p: Given that you had your techni- 
cal chops down, I presume that there 
were some tricks you could pull on the 
tracks, without masking his character- 
istic sound. 
JC: Absolutely. I must have done 
maybe five, six albums with Frank, and 
he gave me an awful lot of space. He's 
got a reputation, like I said, of being 
very, very tough but, with me, he was 
great. There were a couple of times he 
would have a specific sound in mind - 
maybe to use this mike, gate this track, 
or just compress the heck out of it - but 
overall he would give me a lot of room. 

And the great thing is that he would 
never really want things to sound "tra- 
ditional;" he would always want them 
to sound just a little bit off the wall. He'd 
always say, "Make it sound stupid," 
and things like that. He was experi- 
menting with sounds and textures. 

At the same time you had to give him 
a lot of freedom, because a lot of time 
during those sessions - talk about fly- 
ing by the seat of your pants - he would 
come up with some really outrageous 
idea. Everybody would look at each 
other, going "This is never going to 
work; this is really out there!" But, as 
with any other artist, you've got to give 

them their freedom and just go with it, 
because that's where the genius comes 
from. Nine of 10 times Frank would all 
of a sudden take a tune that was just real 
straight sounding, turn it inside out, 
and produce a masterpiece. 

In that respect, it was real interesting 
to work with him. For exmple, when 
he'd start punching -in on the kick drum 
track I was getting very nervous - 
you've got to have pretty quick fingers, 
and a quick sense of tempo. There was 
one tune in particular that just had a 
straight -ahead beat to it, with kick and 
snare. At one point he wanted to punch 
right into the kick -drum track, and 
overdub this huge 40 -inch parade drum 
as the one and three. Then to put some 
other sound as the two and four, and 
turn the whole mood of the tune inside 
out for whatever portion of the song it 
was. 

R -e /p: Many people are interested in 
making the transition from engineer, to 
co- producer or producer. When you are 
engineering, how did you relate, on a 
creative level, to the producer? 
JC: The great thing about being an 
engineer was that I got to work with a 
lot of different producers, and learned a 
lot of things from every one of them. 
Each one has their strengths and their 
weaknesses, and you try to fill in the 
spots. Maybe one guy isn't sure at pick- 
ing a tempo, or which take to go with 
-you reinforce those things. Other pro- 
ducers may not be sure what they want 
in terms of the sound; they know when it 
fits the artist and when it doesn't, but 
are unsure what specific kind of guitar 
sound, for example, they want to go for. 

R -e /p: So you might offer them ideas 
about different textures and sound 
colors? 
JC: Yes. You really have to listen to the 
song, and have some sensitivity for the 
material and the artist. For a particular 
song, or a vibe that a producer is trying 
to create, I might hear a flanged guitar, 

or maybe the traditional Les Paul /Mar- 
shall sound - whatever it might be. 

R -e /p: If we're looking at categories, 
many would consider that there are 
engineers who are non -technical but 
have a strong musical background, and 
those who have no musical background, 
but are strong in the technical areas. 
Maybe the "ideal" combination is 
somebody that's competent in both 
areas. 
JC: I think I was kind of lucky in that 
respect, because I played bass and gui- 
tar in a bunch of bands. In some ways I 
wish I had more formal training but, at 
the same time, I think that I had just 
enough to the point where I'm not so 
picky in terms of, for example, what 
specific notes a player may play. I'll 
give him the freedom to play what he 
feels, and then know when it's right or 
when it's wrong. Some of the producers 
I've worked with have had a lot of for- 
mal musical training, yet sometimes 
they get caught up in that, and tend to 
want to hear every note precisely the 
way it should be. Sometimes you can 
lose the emotion in music that way. 

R -e /p: You are known for being aware of 
the delicate balance between "mechani- 
cal" production techniques, and the 
"live" feeling in recording. Given the 
wide spectrum of musical styles you 
have encountered - from Juice Newton 
to Zappa - how do you set yourself up 
for a particular session. 
JC: I'll do some homework, maybe 
listen to past records. I'd certainly sit 
down with the artist and find out what 
they want to do; what they liked and 
didn't like about their last record; what 
they want to try to do with this record. 
Even if I'm engineering a project, I'll 
always try to get to a rehearsal, or see 
the band live. But I'll really try to just 
find out who the artist is, and what they 
want to do on the project. 

Going to see a band live or in a rehear- 
sal is real important. Like I say, even if 
I'm engineering on the dates, it's very 
difficult for me to just walk into the ses- 
sion cold. More so now, because it's very 
important to create an "aura" for the 
particular artist or band, and give them 
a particular sound signature. 

R -e /p: How do you adapt your engineer - 
ing approach to different musical styles? 
Poco, for example, strikes me as having 
a highly produced, polished, "tight" 
sound, Juice Newton has more of a lush, 
gentle vocal texture. Red Ryder and Van 
Stephenson, on the other hand, have a 
more rough style. Obviously, today's 
engineer has so many tools at his or her 
disposal, that the options are practi- 
cally limitless. How do you keep in mind 
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an artist's overall "sound signature ?" 
JC: In the case of Juice, both [producer] 
Richard Landis and Juice and Charlie 
Calello, her arranger, really have a 
great vision in their minds of what she 
should sound like. So the parameters are 
really set, and my job was to bring 
things out, and to know the extremes. 

R -e /p: Juice Newton's recordings have a 
lot of air around them. I presume that 
you laid off the compression and limit- 
ing, plus extremes of EQ, because her 
voice is reasonably subtle. 
JC: Yes. It's interesting working with 
different singers, because you find that 
you have to change the arrangements, 
the instrumentation, your EQ and how 
you tune a snare drum, to fit with the 
voice. With Rita Coolidge, who has a 
really deep, husky voice, you always 
had to be careful where, in terms of 
pitch, you put the snare drum, because 
her vocal has a real chesty quality -a 
lot of that 200 -cycle material. Some- 
times you'd get the snare drum sound- 
ing huge, and everything was wonder- 
ful, but when you put the voice there 
they would be in the same register. You 
had to move pitches and EQs around 
just to make space for her. 

R -e /p: Do you say to the arranger, for 
example, that a particular instrumenta- 
tion, or a pattern playing behind a vocal 
isn't going to work, for technical reasons? 
JC: Absolutely. Usually it comes out in 
the process of: "Why isn't it happening? 
What's wrong ?" In a very diplomatic 
way you say, "I'm having a hard time 
getting the guitar sound to fit in with 
this track because of the drum part 

that's being played," or maybe the key 
that it's in. "Maybe if we tried a Strat- 
ocaster instead of a Les Paul" - which 
obviously has a thinner sound, and 
takes up less room - "that might work." 
Or maybe that the part could just be 
emptied out a little bit. I find most peo- 
ple take that input all the time; my 
advice may not necessarily be right, but 
they'll certainly give it a try! 

Like I said, one thing I really learned 
from the Zappa sessions is that you've 
got to give people the room to be who 
they are. The minute that you don't, it's 
not music. I don't know if I want to put 
down Phil Spector, because his records 
were brilliant, but they're his records. 
For me, there's something that is lost in 
them; something that's not real about 
those "Wall of Sound" records. 

R -e /p: In recent years we've seen a trend 
towards a more "naturalistic" approach 
to recording. Maybe because people are 
hearing more live music, albums should 
bear a stronger resemblance to how the 
band sounds in live performance? Poco, 
for example, has been consistently pop- 
ular during the five years you've been 
working with them, from The Legend in 
'78 to Inanammorata in 1983. Did their 
production techniques change during 
the period you worked with them, or 
were they after a consistency in sound? 
JC: When I started working with them, 
Poco had made a lot of records. The first 
record I worked on was something like 
their 13th or 14th album, so they had 
been with several different producers, 
and certainly worked in dozens of stu- 
dios. Because the band had gone through 
a lot of changes they really had a lot of 
knowledge of studio production, and 
were very sure of where their limits 
were, and where they could stretch to on 
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either side of the spectrum. 
The first album I did, Legend, repres- 

ented a big step for them, in terms of a 
more "produced" sound, and it was 
really, really successful for them. On the 
next record, Under the Gun, they wanted 
to incorporate that more "textured" 
sound but, at the same time, to put a 
little bit more edge on it. I think they felt 
that maybe they had lost some of the 
aggressive edge they had in previous 
records. 

R -e /p: Was that combination of texture 
and edge a factor you could bring out 
during the recording? 
JC: Yes. I tended to be just a little less 
clean in the approach, and to leave less 
room in the mix. In fact, when we 
started mixing Under the Gun, I uncon- 
sciously went back to the old sound, but 
it wasn't right. We ended up remixing 
the first few things that we'd done 
because they were too open and lacked 
any punch and attack. All that tighter 
sort of sound that comes at you more in a 
wall was gone - I had gone back to a 
layered approach, and it just wasn't 
right. It wasn't what the band wanted to 
hear. So I tightened up the sound to give 
it more edge in the mix. 

R -e /p: Let's move on to your co- 
production duties on the Robert Willi- 
ams and Willie Phoenix album sessions, 
plus your work with Oingo Boingo. How 
did that transition come about? Was it a 
natural progression; something you'd 
always wanted to do? 
JC: I think that maybe I'm a creative 
junkie [laughter]. Although the role of 
an engineer is not limiting as such, you 
want to try more things, and expand 
yourself. As an engineer, in some situa- 
tions you don't have as much overall 
input in terms of the album's big picture. 
I wanted to be more creative, and to 
have a little bit more input on the 
album's production. 

R -e /p: And also more responsibility on 
the session, because a lot more decisions 
come down to you? 
JC: I enjoyed the responsibility; the 
pressure doesn't really bother me. I like 
the challenge of trying to come in under 
budget - which I don't always do - 
and, being a pretty organized person, I 

enjoy the organizational aspects of pro- 
ducing. But making the transition from 
engineer to producer, which I'm still in 
the midst of, is very difficult from a lot of 
angles. When you're an engineer, you've 
got to maintain your living by engineer- 
ing for specific producers or record com- 
panies. Some producers might feel 
threatened that you're all of a sudden 
maybe going to be their competition, so 
that's a little tricky. 

R -e /p: An attitude of "Here's a guy 
who's looking to take over my role," and 
set himself up in competition? 
JC: Exactly. But I certainly would 
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ple, that you forget what the overall 
record should be like. You can get real 
bogged down on a smaller detail as an 
engineer, because it's such a precise art. 
But I still enjoy engineering, and it's 
still a challenge. I wouldn't give it up 
until I was definitely bored with it. 

R -e /p: How do you overcome that 
focused viewpoint when you are both 
producing and engineering? Do you 
need to keep alternating between the 
two roles, to remain objective? 
JC: Sometimes it feels like that, but 
lately I've been trying to do more and 
more pre -production, because in a 
rehearsal room I don't have to think as 
an engineer at all. I can get the band to a 
point where it feels good, and all the 
parts seem to be working. Then when 
you get in the studio you can concen- 
trate on the sounds. You always have to 
work out some arrangement details, 
because the minute you hear the song 
over the monitors, things that sounded 
great in rehearsal might not work in the 
studio. There's only so much room on 
the VU meters, and that's it. 

When I get into the studio, I spend the 
first few hours getting the correct 
sounds for the tracks, so that I can relax 
a bit about the engineering end of it, and 
sit back and go, "Yeah, that's a great 
take." Or, "No, this bass part needs to be 
changed." That sort of thing. 

R -e /p: Some of your recent sessions - 

Control -Room Playback (left to right): Joe Chiccarelli, Robert 
Tepper, studio drummer Myron Grombacher, and bass player Tim 
Landers (seated). 

ones that you're now producing - have 
been with some relatively unknown 
artists, including Gabriel Kane, Robert 
Tepper, and Stan Ridgeway. How did 
you get involved with those projects? 
JC: Gabriel Kane is a new artist for the 
Scotti Brothers label, who I co- produced 
with Craig Leon. Craig has produced 
The Ramones, Talking Heads, and a lot 
of different artists. The Stan Ridgeway 
sessions came about, basically, through 
my involvement with Oingo Boingo. 
Stan used to be the lead singer in Wall of 
Voodoo, and Wall of Voodoo and Boingo 
both are on IRS Records. I had been a 

RUNNING THE SESSION ... continued - 
and effects that you have at your disposal nowadays, it's really easy to use all the tricks in 
the book, and obscure the artist. 

"Maybe I've just been very fortunate in that most of the artists I've worked with have had 
a really clear picture of what they are; it certainly makes my job as producer a lot easier. I 

like to get as much of the picture of what the record's going to sound like in the basic tracks. 
The earlier in production that you can put as many elements to give you the direction of 
where the record is going - be it songwriting demo, pre -production/rehearsal, or the basic 
track stage - the more it sounds real, and less mechanical. 

"There have been times that I'll put a track down, the whole thing feels great, and 
everybody's jumping up and down, but you know in your heart that the guitar or bass 
sound isn't right. You try to go back and change it, but you start losing that energy and it 
sounds wrong. You've got to be able to say, 'Well, I've got to live with that bass -drum or 
guitar sound because the entire track works as a whole.' " 

Do you find that your rapport with an artist continues to develop during the course of a 

session? That things change once you do get into the studio environment? 
"You've got to really trust your instincts, and if your instincts say, 'Do another take,' 

you've got to do it. If everybody's getting bored, but you feel that the good take is just 
around the corner, you've got to be the taskmaster and just say, 'Come on guys, listen to it, 
it's not that far off, give it a couple more shots.' Sometimes you feel like beating people up, 
but you've got to follow what you believe in. I try to give people lots of space, but sometimes 
it's a matter of knowing when to be tough. Hopefully you can do it just before things get out 
of hand, just so you can turn the situation around and everything still flows smoothly. 

"Making a record is about capturing that excitement and energy, and magnifying it. I 

don't believe it's a photograph. A record is your interpretation; you've got to take a look at 
it, and then amplify it even more to make it bigger than life. 

"When a songwriter first comes up with a concept, he takes the idea and expands upon 
it. Then, when you bring the keyboard player into the picture, he takes a look at it, kind of 
pulls it apart, expands it and tries to widen the picture. Every person along the way, down to 
the mastering engineer, does that." ODD 

Voodoo fan, and I had produced some 
tracks for Boingo, so it just kind of 
happened. 

We talked for a while about working 
together; in fact at one point Wall of 
Voodoo called me to engineer one of 
their records but, because of scheduling 
reasons, it never happened. The link 
had been made, however, and Stan 
asked me to produce his solo album. 

R -e /p: You also remixed Romeo Void's 
Instincts, Bangles' All Over the Place, 
and the new Glenn Frey "Sexy Girl" 
single. Do you prefer to be involved with 
a project - either as an engineer or pro- 
ducer - throughout the entire process, 
from recording basics to mixdown? 
JC: No, not necessarily, because I really 
like mixing. Tracking and mixing are 
certainly the most fun parts of making a 
record. It's really nice to come in at the 
end of a project. Not being involved with 
it for two months gives you more objec- 
tivity; again, you don't get bogged down 
on some particular melody line that 
you've heard for months, and are 
addicted to. It's easier for you to come up 
with something that is exciting and 
works musically. 

And it's fun to work on somebody's 
else's tracks, because you certainly 
learn a lot from what they did on an 
engineering and production level. 
There's a million aproaches to making a 
record, and it's great to learn from 
somebody else. Sometimes the tracks 
that I mix, but don't record, come out 
sounding better, because they are a 
combination of more people's efforts 
and energies. The record is shaped into 
something that's maybe a little bit more 
unique than it might have been if it were 
just one or two people's vision. 

I find that in mixing you can get more 
creative, with lots of different delays 
and textures and all. Sometimes when 
you work on your own tracks, you have 
preconceived ideas: "I'm going to mix it 
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"You've got to give people the room to be who they are. 
The minute you don't, it's not music. I don't want to put down 

Phil Spector, because his records were brilliant. But they're his records. 
For me, there's something that is lost in them; something 

that's not real about those `Wall of Sound' records." 
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so I'm going to put this delay on this, 
and that delay on that "; you close your 
mind off to the alternatives. 

R -e /p: Three of the four Oingo Boingo 
sessions you produced were for sound- 
track albums: Fast Times at Ridgemont 
High, The Last American Virgin, and 
Surf II. Do you find there's any differ- 
ence in production techniques for film 
soundtracks, as opposed to traditional 
record dates? 
JC: The only thing I find different is 
that you go more for the energy and the 
attitude; you don't get as exacting in 
terms of sounds. Instead, you go for 
something that feels great, and seems to 
work with the picture. 

R -e /p: Did you have any idea what the 
movies were going to be about when the 
songs were being recorded? 
JC: In a couple of cases, I had seen the 
films and picked up a general attitude, 
in terms of maybe how off -the -wall to 
make it sound, or maybe how tame. But, 
in terms of the engineering or produc- 
tion approach, there wasn't much 
difference. 

R -e /p: On the technical side, what facili- 
ties do you look for in a recording 
studio? 
JC: Obviously it depends if you're mix- 
ing or tracking, but the first thing I 
check out are the monitors. Although I'll 
refer to a pair of Yamaha NS -10M moni- 
tors, I like to use the big monitors from 
time to time. It's essential that the room 
monitors are accurate and, more so, that 
you can go between the small ones and 
the big ones and the sound doesn't 
change. They're never going to sound 
exactly the same, but I look for a consis- 
tency in sound. 

I find that the big room monitors come 
in handy on a tracking date, when it's 
real hard to bring in a handful of musi- 
cians and play back the track on a small 
speaker after they've been out in the 
studio banging away for hours at high 
volume levels! You want them to come in 
and feel that the track is bigger than 
life. 

Obviously the extremes in sound are 
going to be exaggerated when you go 
upstairs to the large monitors, but 
they'vegot to be close enough that when 
you can make an adjustment on a small 
speaker, and then bring it upstairs, it 
doesn't sound like: "I just made the 
vocal ridiculously loud, now what do I 
do ?" 

I also use a pair of close -field Hemis- 
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phere speakers, which are built by a guy 
by the name of Jay Lewis. They tend to 
be almost the opposite of the Yamahas, 
in that they don't have a lot of upper 
mid -range, and they have a lower - 
mid /upper- bottom bump, where the 
Yamahas are a little recessed in that 
area. By going between all three sets of 
speakers you can really get your bass 
sound in shape. It has to work on all of 
them for me to be happy with the sound. 

R -e /p: What West Coast studios do you 
prefer to work in? 
JC: I'm a real Neve /Studer fan, so I 
tend to work in those type of rooms. 
Capitol has got two really good- sounding 
rooms. Sound Castle, where I'm work- 
ing now, is great, and I work a lot at 
Conway Recording. There's something 

about the bottom -end response of the 
Neve console that I like, and Studer 
multitracks always sound clean. 

In the process of selecting a studio, I 
look for a room that sounds real live; a 
room in which instruments sound good, 
but which has controllable acoustics. I 
don't like drum booths - it's been a long 
time since I've put baffles and that sort 
of thing around a drum kit [laughter]. 

R-e /p: Do you prefer to track in one stu- 
dio, overdub in another, and remix in 
another, or to use the same facility 
throughout a project? 
JC: It depends on the project. Some- 
times it's fun to go to another studio, 
because you hear things that you might 
have done differently in the first studio. 

In a way, every piece of equipment 
tends to taint the sound - positive or 
negative - and it's interesting that dif- 
ferent consoles give you a different sort 
of sound. Sometimes it's great to track 
on an older Neve 8068 and mix on a 
newer Neve 8128, or an SSL. Or to track 
on an API and mix on a Neve - that's a 
great combination to me. 

Some consoles are "fatter- sounding," 
and some are "airier- sounding." If you 
record and mix on the same console, you 
end up with maybe double air or double 
fatness. You also have a tendency, 
because certain frequencies sound good 
on certain consoles, to use that same 
frequency twice; you might end up with 
a smaller sounding record than if you 
were on another console. 

For a rock 'n' roll band, I'll go to a 
studio that's got a real big ambient 
room, and maybe a console that's a little 
dirtier -sounding - maybe an older, all - 
transformer desk. And if the date was 
something more techno -pop, I'd go to an 
SSL rom, because the SL -4000 has the 
gates, the compressors and parametrics 
on every channel. You can take a drum 
machine and really turn it into some- 
thing else! 

For mixing, I love Neve NECAM 
automation; that's my favorite. And the 
Massenburg [GML] system [recently 
installed at Conway Recorders] is very 
good. It does get a little complicated - 
maybe I haven't had enough experience 
on the GML yet - but the automation 
can do an unbelievable amount of 
things at lightning speed. A moving - 
fader system is great, because if you 
want to change something, you just 
grab the fader. Better still, when you 
play it back, you can see the fader move. 
With some of the VCA -based systems, I 
guess I never trust them because you 
cannot see the fader changes. 

R -e /p: Do you try and track as many 
instruments as possible while recording 
the basics, to capture the band's energy, 
even though you may replace them 
later? 
JC: Yes, I think it's important to get a 
picture of what the end product is going 
to be. It's real hard for me - and I think 
it's the same for most artists - to envi- 
sion where the record is going if they 
just hear a bass and drums, or whatever. 
It's also difficult at times to get dynam- 
ics happening - to maybe make a chor- 
us feel like it's sped up a little bit, or 
make the verses come down a little tight- 
er - without hearing some of the other 
instruments. Even though, as you say, 
you might replace them to get maybe a 
better sound. 

But sometimes you can get a take with 
the whole band out there and the whole 
thing feels great, and maybe you don't 
like the synthesizer sound, or whatever. 
You replace it with a better sound, but 
where the notes are hitting, how the 
sound fits in, and the energy that the 
player put it, just doesn't work as well as 
the first take. You have to trust your 
instincts. ... continued overleaf - 



Quality in equals Quality out! 

T6 Sub -Compact Two -Way 
Near field control room 
auxiliary monitor for mixdown 
reference, broadcast monitor, 
residential high fidelity system, 
and commercial sound 
distribution where space is 

limited. 61/2" (165 mm) 
polypropylene cone woofer 
with foam suspension; 1" (25 
mm) soft.dome tweeter with 
ferrofluid voice coil coolant; 
8 ohms impedance; 80 watts 
program power handling; 
Anechoic frequency response 
60- 20,000 Hz t 3 dB; Sensitivity: 88 
dB 1W/ 1M; HWD: 141/2" x 91/2- 
x 10" (36.8 x 24.1 x 25.4 cm); 
Approximate shipping 
weight: 36 lbs (16.3 kg) pair. 

QUALITY SOUND MONITORS 

RC66 Road Cube Two -Way 
Mobile and field recording and broadcast 
reference monitors, performer's or musician's 
monitors, small auditorium public oddress 
systems. Two 61/2" (165 mm) polypropylene 
cone woofers with foam suspension, 11/4" (34 
mm) soft dome midrange-tweeter; 8 ohms 
impedance; 100 watts program power 
handing; Anechoic frequency response. 
55- 18,000 Hz : 2',: dB; Sensitivity: 90 dB, 1W 1M; 
HWD: 241/2" x 14'A" x 14'A" (62.2 x 37.8 x 37.8 
cm) closed: Approximate shipping weight: 
70 lbs. (31.8 kg) set 

T5 Ultra- Compact Two -Way 
Neutral response small 
system reference monitor, 
A & R demonstration speaker, 
high quality extension 
speaker system for home and 

commercial applications. 
51/4 (133 mm) polypropylene 
cone woofer with foam 
suspension; 1` (25 mm) 
soft dome tweeter with 
ferrofluid voice coil coolant; 
8 ohms impedance; 
40 watts program power 
handling; Anechoic 
frequency response: 
90- 20,000 Hz ± 31/2 dB; 
Sensitivity: 87 dB 1W /1M; 
HWD: 101h "" x 7' x 73/8" 

(26.7 x 17.8 x 18.7 cm); 
Approximate shipping 
weight: 20 lbs (9.1 kg) pair. 

RC66 Quality Control Three -Way 
Contrcl room and mobile recording reference 
monitor, studio playback, mastering monitor, 
residential and commercial sound systems 
Two 61/2" (165 mm) polypropylene cone 
woofers with rubber suspensions; 11/4" (34 mm) 
soft dcme midrange- tweeter; 3/4" (19 mm) 
polyamide fiber dome super -tweeter; 8 ohms 
impedance; 100 watts program power 
handling; Anechoic frequency response: 
50- 20,000 Hz t 2 dB; Sensitivity: 90 dB 1W, 1M; 
HWD: 131/2" x16' " x121/2" (343 x41.9x318 
cm); Approximate shipping weight 35 lbs. 
(15.9 kg) each. 

WOOFERS. Modified polypropylene cones. Low mass, 
optimum stiffness, internally dampec. Minimal coloration or 
audible distortion. Environmentally stable. 
MIDRANGE /TWEETERS. Impregnated fabric dome. Massive 
magnet structures. Wide dispersion. Exceptionally smooth 
frequency response. Powerful impulse response. 

TWEETERS. Viscous damped soft dome. Ferrofluid in voice coil 
gap. Minimized coloration and secondary resonances. High 
power handling. 

T66 Compact Two -Way 
Near field control room reference and 
mixdown monitor, broadcast monitor, sound 
reinforcement and sound distribution system 
for small and midsize auditoriums. churches, 
classrooms, performer's or musician's monitor. 
Two 61/2" (165 mm) polypropylene cone 
woofers with foam suspension, 11/4" (34 mm) 
soft dome midrange-tweeter; 8 ohms 
impedance; 100 watts program power 
handling; Anechoic frequency response: 
55- 18,000 Hz 21,2 dB; Sensitivity: 90 dB, 1W '1M; 
HWD: 12 "x18 " x12Y " (30.5x45.7x31.8cm); 
Approximate shipping weight: 33 lbs. 
(15 kg) each 

SUPER -TWEETERS. Sh elded 19 mm hard polyamide fiber 
dome. Extends three -way system power response beyond 
25,000 Hz with especially low harmonic distortion. 

CROSSOVERS. Close tolerance polyester capacitors. Air core 
chokes. Fiberglass pinted circuit boards. Contro led blending 
of drivers. Consistent quality. 

ENCLOSURES. Low resonance Super- Acousticwood" Walnut 
or black vinyl finish. Minimum dill- action baffles. Matched 
left /right pairs. Exceptional stereo imaging. 

For more information, including George Augspurger's comments, see your dealer, phone (619) 297 -2820, or write Dept. QSM-11 

AURATONE CORPORATION P.O. BOX 698 CORONADO CALIFORNIA 92118 U.S.A. 
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MICROPHONE AND ROOM LAYOUT FOR ROBERT TEPPER 
BASIC TRACKS AT SOUND CASTLE STUDIOS, LOS ANGELES 
JANUARY 1985. ENGINEER /PRODUCER: JOE CHICCARELLI. 

Detail of Chiccarelli's two -mike technique 
for kick drum, with a blanket to prevent 
leakage. 

R-e p: What about instrument miking 
and recording techniques. Let's start 
with the drums. 
JC: I find that, in general, my miking 
changes a lot. There's a few mikes that I 
always go back to, but from project to 
project, and even within a project, I get 
bored using the same microphone every 
time. Maybe for a particular album, if 
I'm thinking of a fatter snare sound, I'll 
try a Neumann KM86 instead of a Shure 
SM57. I'll mike top and bottom. Some- 
times I don't use the bottom mike, but I 
like to have it here just in case I need it. 

R -e /p: And for kick drum? 
JC: My standard miking - and again it 
depends on the project and the sound 
I'm after - is either a Beyer M88 or a 
Sennheiser MD421. The Beyer has got 
just the right amount of punch, and is 
not as "slappy" as a 421. It's also got a 
little warmer bottom end. But if the kick 
is really dull or not punchy enough, I 
tend to use the 421. I'll mount the M88 or 
421 inside the kick, maybe five or six 
inches in from the outside rim, pointing 
at the skin. I also use another mike, an 
AKG D12, that's mounted three or four 
feet back from the kick. That way, you 
get more impact from the front mike, 
while the back one captures more of the 
30 or 50 cycle low- frequency. I build a 
kind of tunnel over the back mike and 
the kick to keep out the sound of the 
cymbals, although sometimes I find I 
don't need it. I always end up gating 
that ambient mike, the one that's a little 
further back, because you get so much 
cymbal splash. But because it's a D12, it 
doesn't pick up a lot of top end anyway. I 
usually roll off the ambient mike, and 

add a little bit of 30- to 60 -Hz boost, to get 
a little bit more "puff." 

I'll also put up a couple of Neumann 
U87s for room mikes - or, every once in 
a while, I'll use Neumann M49s - that 
are close to the back wall, facing the 
drums. Sometimes I put them close to 
the floor, if the room doesn't have a lot of 
bottom end. But I'll usually just put a 
stereo pair of 87s and then some others 
around the room. 

Here at Sound Castle, I have an 
Electro -Voice RE -15 out in the hall that 
picks up some real trashy ambience. In 
the isolation booth - which is nice and 
live - I have two U47s that give a real 
bright ambient sound. For different 
tunes, you can have a longer room 
sound or a shorter room sound. 

To prevent the cymbals from bleeding 
too much into the room -mike tracks, I'm 
keying the room mikes from the kick, 
snare, or tom tracks. By keying from a 
spare cue buss, I'm able to regulate what 
drum I want to use to open up the room 
mike. You've got to be gentle with the 
gating attack; you can't just sort of open 
and close it like a brick wall because it 
would sound very odd. 

R -e /p: What mikes do you use on toms? 
JC: Lately, I've been using 421 s, because 
they have a nice edge to them. For the 
Zappa sessions, I used AKG C414s 
pretty much on all the toms. I've used 
57s every once in a while on toms that 
are a little dull, and when I want to get 
some more crack or snap to them. There 
was a period of time when I liked Neu- 
mann KM84s on toms, but sometimes if 
you have a lot of condensors up on a 
drum set, it just gets real fizzly, and you 
end up with phase problems, because 
the top -end response is so good, and the 
polar patterns are wider than on a 

dynamic. Also, the cymbals were get- 
ting everywhere, and I had phase can- 
cellation across the kit. Even if you 
move them around, condensors still give 
you that fizzly high end, so I go back to 
dynamics. 

On snare, it really depends on the 
song and the sound I'm after. For bal- 
lads or songs where I want to get a fatter 
snare sound, I'll use either a KM86 or 
MD441, which are hypercardiods, and 
help get rid of some high -hat leakage. 
But, in general, I'll use a 57 on top, 
because it's just nice and cracky, and on 
the bottom either a 57, 441 or KM86. 

High -hat is usually covered with a 
KM84; a couple of times I've used a 
Beyer M160 ribbon. If the high -hat is a 
little dull, or I can't get in at the right 
angle, I'll use maybe a C451 or some- 
thing like that. 

Choice of overheads also depends on 
the sound. For a lot of really tough rock 
'n' roll dates, sometimes a pair of M49s 
sound great - they add a thickness to 
the cymbals that really seem to work. 

R -e /p: And on guitar backline amps? 
JC: I usually put in a handful of mikes, 
including a 57, Neumann U67, maybe 
an M49, U87, U47, and others. I'll mount 
four, five, or more mikes in front of the 
amp, at different angles and distances. 
Then I'll put an 87 back about three to 
five feet, and another 87, or maybe a 414, 
way back in the room - I'll try different 
distances and different combinations. 
Depending on the sound, I like to squish 
guitars a lot, especially for rock 'n'roll -I like to get them where the meter 
doesn't move and just sits right up there! 

For compression I like to use old 
175Bs - which is really a tube version 
of the UREI LN -1176; Sound Castle has 
several of them. They just have a nice 
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distortion to them; there's something 
about the way the 175 breaks up that 
sounds great on guitar. I'll also use a 
dbx 160 on guitar. Or, for things like 
muted guitar parts, or something you 
want to be a little cleaner, a little tighter 
sounding, I'll hook in a 160X. 

Lately, I've also been compressing 
drums more than usual. Rather than 
leaving the kick and snare unaffected in 
terms of dynamics, I'll compress them a 
little bit. Again, I find it just brings up 
the sound in your face, and gives them 
more power. 

When I listen to a record, the first 
thing that I hear is the snare drum. To 
me, that determines how energetic the 
track is, how big it is, and how bright it 
is. These days you really have to have a 
happening snare -drum sound, or the 
track sounds wimpy. If the snare drum 
isn't tough, or at least unique sounding, 
I feel like I've been sold short on the 
song. 

Vocals, for me, are the most difficult 
things to mike, because every voice is 
different, and you can't use just one 
mike on every single voice. I try out a 
different vocal mike every day while 
we're tracking. You'll find that there'll 
be three or four mikes that work with 
that particular voice; one mike might 
work great for the ballads, another for 
hard rockers, another when the singer is 
in the upper register, one when he's 
lower, and so on. 

Sometimes I've actually used a com- 
bination of mikes for vocals. In fact, for 
Paul Cotton from Poco we used an 
Electro -Voice RE -20, and he sounds 
great. But, for me, there wasn't enough 
top end on it, so we put an AKG C451 or 
C452 right on top of the RE -20 - it kind 
of looked like a space shuttle - and 
"time aligned" it by moving the 451 
back and forth until it sounded right. By 
just blending in a little bit of the 451 
with the 20, we got the air that made 
Paul's voice sound great. 

R -e /p: Have you had an experience with 
digital recording? 
JC: I've mixed a lot of things to JVC 
VP -900, Sony PCM -1610, and the Mit- 
subishi X-80. Of them, my favorite has 
been the JVC; I found that to be a little 
warmer sounding on the bottom end. 
Actually I did some Soundstream 
recording, and the bottom -end response 
on that system is unbelievable. The Mit- 
subishi sounded great on tunes that 
were a little airier, more atmospheric, 
but on the songs that demanded a little 
bit more punch and tightness to the bot- 
tom end, I thought the bottom end kind 
of "loosened up," and wasn't as tight as 
that well -known analog compression 
sound. 

R -e /p: Do you change your mixing tech- 
niques for digital? 
JC: When you start mixing digital, you 
become more aware of the flaws in your 
mixes. Also the dynamics aren't 

The Sanken CU -41 is the most expensive microphone of its kind. 
Its breakthrough double -condenser design gives you textbook 
performance: a flat'requency response from 20Hz to 20kHz: an 

inherent noise level less than 15dB: and a dynamic range of 125dB. 
But specs alone aren't reason enough to invest in the CU -4' . 

Neither is the fact that leading sound engineers from LA to London, 
including Doug Perry, Eric Prestidge. Steve Levine and Tony Faulk- 
ner, are using the CU -41 to record the I kes of Dolly Parton, Anne Mur- 
ray, Culture Club, and the London Symphony Orchestra. 

To really evaluate and appreciate one of the wor d's first micro- 
phones able lo capture the full potential of digital recording, you must 
try the CU -41 yourself. Call the Sanken dealer nearest you to arrange 
a free trial. 

The CU -41 by Sanken. 
Discover the new standard. sanken 
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Exclusive CU-4I Dealers 
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squished as much by the tape as they 
are with analog. So I found that I've 
gotten a little more finicky in terms of 
digital mixes. Maybe in terms of mak- 
ing the top end a little sweeter sounding 
because, in a lot of cases, with digital it 
comes back sounding a little edgier. 

But with analog, it's amazing how 
much top end goes away in a matter of 
hours, and more so after a few plays 
across a head - no matter how demag- 
natized it is. You cut a track yesterday, 
listen to it today, and it's not going to 
sound as bright. 

R -e /p: When you track to analog, do you 
mix a little brighter, knowing that the 
top end will gradually fade? 
JC: No, I don't find that I compensate, 
because right now it's something we 
have to live with. I've been using Agfa 
PEM468 for a lot of years, and I love the 
way the top end holds on 468 compared 
to other tapes. I like the sound of half - 
inch masters: The bottom end is more 
solid, and the top has a little bit more air 
than quarter -inch. A lot of people still 
like the sound of quarter -inch for rock 'n' 
roll. But, to me, it's just a little too small 
sounding, and compressed. 

R -e /p: Which albums did you mix to 
digital? 
PC: Let me think. The last Poco album, 
Inanammorata, we did on the Mitsubi- 
shi X -80. Ray Manzarek's Carmina 
Burana we mixed to Sony PCM -1610 
and that, because of the dynamics, 
sounded great on digital. It has these 
huge, bottom -end synthesizer notes and 
kettle drums. With analog you would be 
made aware of the flutter and noise in 
the quieter passages. 

R -e /p: Are there any particular items of 
outboard or processing hardware that 
you've been using recently that have 
impressed you? 
JC: The new dbx 160 and 160X are 
really nice compressors. I use the 
Drawmer gates a lot, because they have 
a keying feature that's frequency selec- 
tive. You can make it open up on the 
bottom end or on the top end, depending 
on how you adjust the filters on the key 
input. I just bought an AMS DMX15 -80 
digital delay that I love. Number one, 
it's so clean sounding. 

R -e /p: Did you use the AMS to sample 
sounds? 
JC: Yes, I use the sampling feature a lot. 
Many drum machines, because of their 
eight -bit sampling, lack of top end. 
When you add HF boost on the console, 
it just doesn't sound right. So I've done a 
lot of things by using a drum machine to 
trigger a snare or kick drum sound that 
we have put into the AMS. That sounds 
really good, because you can get pretty 

close to a real tough -sounding snare 
drum that we've sampled into the DMX. 

The AMS RMX -16 digital reverb is 
also great; in particular some of the 
ambience programs and the reverse fea- 
ture. I've also been using the MXR OlA 
digital reverb, and there are a couple of 
special effects programs that are fan- 
tastic. I was really impressed with the 
Number 9 effects program, which is like 
a reverse echo, but has a weird character 
to it. 

R -e /p: What's the memory capacity of 
your AMS DDL? 
JC: 3.2 seconds. 

R -e /p: Are you thinking of increasing 
that capacity? 
JC: To 25 seconds? Maybe at some 
point, but I find that if you want to fly in 
a whole chorus of background vocals, 
for example, it's just as convenient to 
dump it to half -inch tape and back 
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again. Plus the fact that then it's a chal- 
lenge to get it in time! [Laughter] 

R -e /p: You don't lay it over to a two - 
track with center -channel timecode and 
then synchronize it with the multitrack? 
JC: Actually, that's a great idea. I never 
thought of trying that. One of the new 
Studer A810s, Otani, or MCI two -tracks 
with timecode would be useful. 

With two multitracks it's fun doing 
that. If you have a slave full of back- 
ground vocals, you can easily program 
in an offset as you dump them back into 
the master tape. Like moving what's in 
the first chorus to the second chorus. 

R -e /p: Do you do many 46 -track 
sessions? 
JC: More and more lately. It seems that 
with all the drum machines and syn- 
thesizers, plus wanting to record effects 
on tracks, and tracking more things in 
stereo, I can't get away from it. 

It also saves wear and tear on your 
master when you're overdubbing. If I 
can, I love to record my basics on 16- 
track, and then sync up a 24 -track for 

the overdubs. The 16 -track sounds great, 
because the extra track width gives you 
a tougher and quieter sound. Sometimes 
it's impractical to go 16, because a lot of 
studios don't have a 16- track, or the 
headstack is hidden away somewhere 
and they've forgotten where it was! 

R -e /p: With the growing emphasis on 
synthesizers and drum machines, are 
you getting more into the using sync 
tracks, sequencers and things like that? 
JC: Pretty much on every track I'm 
doing now - unless it's a "feel" thing, 
where it can't be done to a click - I'll 
find the tempo and print a sync tone 
from the LinnDrum, plus a cowbell or 
whatever it is for timing purposes. Pro- 
vided that the take is in time with the 
click track, that gives you the ability to 
add sequencers, or trigger things from a 
Linn trigger track. Or if you run a whole 
different drum texture for one verse of 
the bridge, you can easily punch in a 
LinnDrum with some weird sounds, or 
some sampled sounds from the AMS. 
I'm trying to get hold of the new Roland 
SBX -80 Sync Box, which allows every- 
thing to be triggered from SMPTE time - 
code. That would allow you to roll the 
tape to the middle of the song and just 
punch right in on it, as opposed to hav- 
ing to run from the start of the tune all 
the time. I would like to be able to refer- 
ence the drum machines and sequencers 
to the SMPTE track. That way, if I put 
in a drum pattern in at such and such a 
timecode number, you just go to that 
location and it's all in sync in a matter 
of a couple of beats. The unit fires off 
trigger codes and MIDI pulses when the 
location arrives from the tape. 

R -e /p: There seems to be an emphasis 
being placed these days on subtle "tex- 
tures " and "colors " in a production. Are 
you a particularly visual producer? Do 
you have a complete "picture "of the fin- 
ished product before you start a project? 
JC: After getting input from the artists, 
I try and visualize how I want the fin- 
ished record to sound - how big I want 
it; how deep I want it; what kind of tex- 
tures and instruments I want to use. But 
it always changes. Things that you 
have in your head to begin with, all of a 
sudden don't work, or you decide you 
want to take a left turn. Or maybe your 
picture was a little too restrictive, and 
you want to get a little wider with it by 
putting in unusual percussion sounds, 
or whatever it might be. But I do try to 
get a picture of who the artist is, and 
what he wants to sound like, and build 
the record around that. 

But with all the technology available 
in a modern recording studio - and the 
ability, with drum machines, digital 
delay and reverb, to come up with a wide 
variety of textures - it is more impor- 
tant than ever to maintain a very clear 
focus on who the artist is, and what they 
want to sound like. That's the challenge 
of the creative producer. 
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LIVE -PERFORMANCE SOUND 

The TASCO Harwell System 
on Tour with Judas Priest 
at the Long Beach Arena 

n the early Seventies, several 
pioneering concert -sound 
companies, including Clair Bros., 

Showco and Stanal Sound, developed 
loudspeaker systems intended for use 
in a "flying" configuration. As large, 
multi -purpose convention centers and 
sports arenas became acceptable 
venues for live -performance musical 
events, the larger sound reinforce- 
ment systems being brought into play 
required specific hardware arrange- 
ments to enable the loudspeakers to 
hang, or fly, from the venue's ceiling. 

Innovators in the field, such as Bill 
McManus (McManus Enterprises, 
Philadelphia), developed methods for 
using chain -motor hoists to suspend 
heavy lighting trusses above perfor- 
mance stages. Early flying sound sys- 
tems used similar techniques and 
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by David Scheirman 
hardware to suspend existing loud- 
speaker enclosures. 

Today, many concert sound sys- 
tems are deploying loudspeaker arrays 
that have been engineered specifi- 
cally with hanging requirements in 
mind. And, as hanging- system tech- 
nology has progressed, it has become 
apparent to firms involved in the field 
that correctly designing the array 
itself is perhaps of greater importance 
than the make -up of an individual 
speaker cabinet. For example, a 
loudspeaker enclosure that works 
well as a stand -alone device may not 
provide optimum results when used 
as part of a poorly designed flying 
system array. 

One concert -sound system specifi- 
cally engineered for use in a flying 
configuration is the Tasco Harwell 

System, and named after the English 
engineering firm that developed it. 
Tasco is a British- based, full- service 
entertainment production company 
that also maintains systems in the 
United States, with office and ware- 
house space in the Los Angeles area. 
The Tasco Harwell System has been 
deployed for recent, major arena tours 
by such artists as Duran Duran, 
Diana Ross, and Judas Priest. In the 
Spring of 1984, this writer made a trip 
to the Long Beach Arena in Long 
Beach, California, to observe the sys- 
tem in action as Judas Priest played 
two sold -out nights at the 13,000 -seat 
venue. 

System Design Concepts 
"In Britain, there are probably only 

a half -dozen venues the size of the 



AN AUDIO TAPE MACHINE 
FOR BOTH SIDES OF YOUR MIND 

Whetter you're an engineer, an artist, or both, 
Otari's MTR -90 will satisfy your most 
demarding ideas of what a mu ttchan- 
nel recorder should be. 

Once you, the Engineer, 
have pit its sew'o- 
contro led and pinchroller- 
less tare guidarce system 
througi its paces, no other 
will do And wher. the artist #' 
in you experiences the tormv. 

MMTR -90's sound, you'll know 
its superlative electronic speci=fications will 

never compromise your recordings. And when 
the both of you Need total session control, the 
MTR -90 is equipped with a ful-- function remote, 
and an optional autolocator. 

Post- P-oduction Professionals wv ll quickly dis- 
cover that the MTR -90, when ecuipped with 
Otari's new EC 1C1 chase sync ironizer, is ab- 
soluten the finest performing tape recorder in 
the wo- ld- nothing else even pines dose. 

And, o- course. you're a businessman. so you'll 
apprec ate that the "90" is alsc the best 
bottom -line decision ... because it delivers 
perfornance without extravagance. From 
Otani: The Technology You Car. Trust. 

Contac: your nearest Otani dea er for a demon- 
stration, or call- Ctari Corporation. 2 Davis 
Drive, 3elmont, CA 94002, (413) 592 -8311 
Telex: 910- 376 -4390 

MM. 
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FLYING ARENA 
SOUND SYSTEMS 

Long Reach Arena in the entire coun- 
try," notes Tasco 
crew chief Tony 
Blanc (pictured left). 
"Also, the typical 
tractor -trailer truck 
is of smaller dimen- 
sions. PA gear, as a 
general rule, tends 
to be smaller than 
it is here in the Unit- 
ed States due to 
such factors. How- 

ever, there is a great need in the North 
American market for arena flying 
systems. Tasco needed systems like 
this one to service its clients who were 
touring this country, including acts 
like Judas Priest. The Harwell design 
group developed this system in Eng- 
land, and it has seen extensive use all 
over the European continent. Since 
bringing the first Harwell system 
over to this country, we have been 
working it practically non -stop." 

Blanc feels that several features of 
the Harwell speaker system make it 
particularly innovative. "In my opin- 
ion, there are only four designers or 
companies that are actually working 
on the development of anything that 
is really new in concert speaker sys- 
tems - [a design] that is not just a 
rehashing of the same old ideas that 
have been around for over 30 years. In 
Britain, you have Dave Martin of 
Martin Audio, the Turbosound Ren- 
tals people, and the Harwell group. 
Here in the U.S., John Meyer is devel- 
oping some interesting new systems. 

Figure 1: The Tasco Harwell system comprises three different types of enclosures 
(bass, low -mid and high -mid) that are combined in multiples of various configura- 
tions to form a massive flying system array. Shown here is half of the overhead 
system (stage right). 

To me, everything else just looks and 
sound about the same." 

Tasco's Harwell system comprises 
multiples of three different types of 
loudspeaker enclosures. "The packag- 
ing of a road system today is very 
important," Blanc explains. "If you 
put all of your components in one box, 
that's like putting all of your eggs in 
one basket, so to speak. The system 
will not be nearly so versatile, in 
terms of being able to direct different 
parts of the speaker system to differ- 
ent acoustical areas. On the other 
hand, having a half -dozen different 
types of boxes, in all sizes and shapes, 
makes for a very difficult truck pack, 

Figure 2: Component layout of Harwell System loudspeaker cabinets. 

HIGH -MID: 

TWO JBL 2441 
TWO -INCH COMPRESSION 
DRIVERS AND FOUR 2405 
BULLETTS' (ALUMINUM 

PHASE PLUG) 

LOW -MID: 
TWO E -V 120 -L 

12 -INCH SPEAKERS (COMPRESSION 
LOADED WITH PHASE PLUG) 

BASS: 

TWO GAUSS 4522 
15 -INCH SPEAKERS 
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40.40.24 
INCHES HIGH 

40 40 24 
INCHES HIGH 

10 40 48 
INCHES HIGH 

as well as being time consuming. We 
feel that this system is a good com- 
promise between the two." 

Blanc also notes that the system is 
in a state of design evolt.tion, and a 
newer version is in the works that fea- 
tures smaller cabinets. 

Loudspeaker Cabinets 
The Tasco Harwell System as sup- 

plied to Judas Priest contained three 
different types of cabinets. The boxes 
were designed with identical width 
and depth dimensions (40 by 40 
inches). The largest box is the bass 
cabinet, measuring 48 inches high. 
Half -sized mid -bass and high -mid 

Figure 3: Tasco bass cabinets, each 
measuring 40 by 40 by 48 inches high, 
were left on travel dollies and stacked at 
floor level. 



Acoustic foals "pop" 
and moisture 

filter. 

Three -layer mesh grille resists denting 
for better element protection and appearance. 

High -output moving-coil 
dynamic cardioid capsule. 

Felt dust cover protects entire element. 

All grille screens soldered (not glued) to brass 
retaining rings for maximum strength. 

. 6 
Two integral shock mounts to reduce 

cable and handling noise. 

Precision - 
machined body 

of materials 
selected for 

perfect balance, 
shaped for 
comfort. 

Aluminum 
Zinc Alloy 

8 / 
Rear acoustic 

phasing 
chambers for 

shaped low -end 
frequency 
response. 

9 
Armorized 

finish' resists 
chipping. 

10 
Professional S- 
pin balanced 

output connectcr 
connects directly 
to element with 

no heavy 
transformer. 

*We have six mcre very colorful reasons to choose 
an ATM41a: Red. Wh:te, Blue, Green, Black, and Gold! 
Each custom -color ATM41a comes with matching - 
color 25-foot cable, complete wits connectors. 
Look as great as you sound! 

There's one other reason why 
you'll put the ATM4Ia first in vocal 
microphones. Listen. Our sound 
blows them all away! Try it today 
at your Audio- Technica sound 
specialist. 

audiotechnica 
AUDIO TECHNICA U S . INC . 1221 ommerce Dr S ow.OH 44224 216i686-260C 
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"Real -World 
Performance Is 
More Important 
Than Numbers 
On ATest Bench' 
Patrick Quilter 
Vice President /Engineering. 
QSC Audio. 

QSC is proud of the bench specs on our top -of- the -line 
Series Three amplifiers. We "measure well," just like other 
good amplifiers. But what sets QSC apart are the design 
features that 
don't show 
up in the 
"numbers." 
Features like 
exceptional 
reliability, 
easy interface with any system, a compact roadworthy 
chassis and the extra audio excellence that comes from 
carefully selected components and an optimized circuit 
design. The design philosophy behind the Series Three is 
to provide professional, reference - quality amplifiers capa- 
ble of performing flawlessl in the most rigorous applica- 
tions. We started by carefully selecting components, 
bringing together some of the most respected electronics 
in the industry. This includes devices like the 5532 op 
amp, the complementary metal -case Toshiba transistors, 
and high- density filter capacitors. The best components 
make for great specs. of course. But it's how you assemble 
them that determines an amp's value in real -life applica- 
tions. Our increased -efficiency linear output design 

makes the Series Three a leader in 
the field. The Series Three combines 
a dual mono design with separate 
power supplies whose characteris- 
tics are matched with the high effi- 
ciency output stage to offer 
momentary wer twice that of the 
RMS power 

power 
dynamic head - 

room ).By using a multiple level DC 

oc fill _W 
_ & ,1 

EEwMOM L_, 

.ul .mar 

power supply. which provides just the right amount of 
power required by any given output voltage, we've been 
able to dramatically reduce waste heat without sacrificing 
the excellent sounds of conventional linear designs. 
Because there is less waste heat, the need for built -in cool- 
ing fans is eliminated. This means Series Three amps are 
more compact than conventional amplifiers -you ge' 
more power per inch of rack space. And because he is 
Public Enemy u 1 for audio components. the heat- eff.cient 
design of the Series Three makes for a more reliable 
power amp. If something does go wrong, though. the 
modular design of the Series Three makes service easy. 
Each channel is built into its own front -removable mod- 
ule. It can be taken out 
for service without hav- 
ing to take your entire 
rack apart, and a spare 
module can be readily 
slipped in. A lot of de- 
sign ideas work fine on 
paper: but, at QSC, we 
build power amplifiers 
for real -world perform- 
ance. When you dissect 
the Series Three, you 
come up with a lot 
more than spec sheet 
buzzwords. What you 
get along with the 
good numbers" is a carefully integrated package of fea- 

tures you can count on in the field. For more information 
contact: QSC Audio Products, 1926 Placentia Avenue, 
Costa Mesa, CA 92627, (714) 645 -2540. 

CONVENTIONAL AMPLIFIER 

MAXIMUM SHADED AREA 
UNDISTORTED WASTED HEAT 
POWER 

BELOW CURVE V/ 

OUTPUT SIGNAL USEFUL POWER 
TWO -STEP AMPLIFIER 

MAXIMUM SHADED AREA 
UNDISTORTED A WASTED HEAT 
POWER 

LOW-POWER AlliErAM 
kerrIglanirAME 

BELOW CURVE 
OUTPUT SIGNAL USEFUL POWER 
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- continued from page 56 .. . 

FLYING ARENA 
SOUND SYSTEMS 

cabinets complete the package, and 
each measures 24 inches high. The 
bass cabinet (housing two, 15 -inch 
speakers) weighs approximately 310 
pounds (Figures 1 and 2). 

Loudspeakers used to handle the 
bass- frequency band are Gauss Model 
4582s. These units are housed in a 
folded -horn enclosure that features 
extensive bracing to maintain the 
cabinet's structural integrity at 
extremely high sound- pressure levels, 
and are fed a signal of 20 to 200 Hz. 
(Figure 3). 

The low -mid cabinet contains two 
Electro -Voice Model 120L 12 -inch 
speakers housed in a unique enclosure 
that features a large foam -filled phase 
plug. The speakers are compression - 
loaded into a fiberglass horn that 
provides exponential flares in both 
the vertical and horizontal planes. 
These cabinets handle the 200 Hz to 
L2 kHz bandwidth. 

The high -mid cabinets each contain 
two JBL Model 2441 two -inch com- 
pression drivers loaded via a four -way 
manifold throat onto a custom fiber- 
glass horn. An aluminum phase plug 
also is employed. The midrange fre- 
quency bandwidth is 1.25 to 6.3 kHz, 
high frequencies being presented with 
four JBL 2405 HF radiators housed in 
the same cabinet and operating in the 
6.3 to 18 kHz band. 

For Judas Priest, Tasco supplied 30 

Figure 4: Subwoofer cabinets were arrayed on the floor behind the sound wings, 
pointing straight up. A narrow -bandpass signal of 20 to 80 Hz was passed through 
them. 

bass cabinets, 32 low -mid cabinets, 
and 28 high -mid cabinets. Addition- 
ally, 12 bass cabinets were supplied 
for use as subwoofers. Positioned on 
the floor behind the sound wings, six 
per side, these bins were fed a narrow - 
bandpass signal of20 to 80 Hz (Figure 
4). 

For long -throw high- frequency cov- 
erage, four cabinets were also sup- 
plied, each housing four JBL Model 
2441 drivers mounted on long -throw 
fiberglass horns. These boxes were 
positioned in the hanging array so as 
to point towards the parts of the arena 
that were farthest from the loud- 
speaker system. 

All told, the loudspeaker system 
contained a total of 84 15 -inch speak- 
ers, 64 12 -inch speakers, 72 two -inch 
compression drivers, and 112 high - 
frequency "bullets." The majority of 
the bass enclosures stayed on the 
ground (10 in the air, and 32 down, 
including the subwoofers), while a 
majority of the low -mid and high -mid 
cabinets were flown (Figure 5). 

Flying the Sound System 
Rigging requirements for the sound 

system in the Long Beach Arena total 
12 individual hanging points. Each 
"point" comprised a spot in mid -air to 
which a single chain -motor hoist 

Figure 5: Block Diagram of complete hanging and stage system for Judas Priest at the Long Beach Arena. 
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Eventide's Newest Harmonizer 
Bursts Upon The Audio Scene 

The H969 is coming through to deliver .. . 

The Cleanest Audio 
The H969's new ProPitchTM digital electronic -splicing 
algorithm gives you the cleanest, most glitch -free pitch 
change ever. Deglitching is active over a wider band- 
width, too - a full octave wider. And Eventide has 
employed 16 bit linear PCM circuitry in the H969 for the 
first time in a Harmonizer, for superb audio perfor- 
mance in all modes. 

The Easiest To Use 
We know that you don't always think in terms of "pitch 
ratios". Sometimes, you simply want to go up a major 
third, or down a fifth. So to make things easy, the H969 
gives you twelve "instant" pitch change presets. Set- 
ting a precise major third, minor third, fifth, seventh or 
octave of pitch change is a cinch - just push one but- 
ton. Each interval can be selected as a sharp (increase 
pitch) or flat (decrease pitch). There are also instant 
presets for sharp and flat micro -pitch change, for vocal 
doubling and effects. 

You choose from two ways to select pitch ratios and 
delay times on the H969 - positional and auto in- 
cremental. Individual coarse and fine adjust controls 
make it a snap to get exactly the pitch ratio you want. 
And once you choose your settings, the digits are rock - 
stable. Unless of course, you ask the H969 to 
automatically vary the pitch ratio - up or down, at 
your choice of speed. 

To make the H969 as easy to use in live performance as 
it is in the studio, we've included a front panel 
preamplified input, in addition to the usual XLR -type 
studio level input. Just plug in your instrument. 
There's a companion front panel output jack, too. The 
H969 also has remote line in /out switching capability, 
plus remote pitch ratio /delay time set provisions. A 
keyboard can also be accommodated. 

The Widest Delay Range ... And More 
With the H969, you get much more delay than we've 
ever put into a Harmonizer before - 1.5 seconds at full 
bandwidth (40Hz - 15kHz ± I dB). Need even more? Just 
hit the "double mode" button and you can extend delay 
range to over 3 seconds, with 8kHz bandwidth. For add- 
ed convenience, you can choose and save any five delay 
times for instant recall. Delay time and pitch ratio are 
each displayed on an independent readout. 

The Broadest Array Of Effective Features 
The H969's full 1.5 / 3 + second digital memory is 
available in Infinite Repeat as well as Reverse Audio 
modes, dramatically increasing the versatility and 
usefulness of these effects. You can also vary the length 
of the reversed or repeated audio segment after capture. 
Pitch change, Flange and Doppler effects can be used in 
tandem with Reverse and Repeat modes. 

Flanging on the H969 Harmonizer offers unlimited op- 
tions. Flange sweep rate can be varied over a very wide 
range, or you can sweep manually. You can freeze the 
flange sweep at any point you select, and you can preset 
the point at which the flange sweep begins. We've also 
added a new Doppler mode. 

The Best Harmonizer Ever 
The H969 is an addition to Eventide's full line of Har- 
monizer special effects units. Our industry standard 
H949 is still going strong. The H969 ProPitch Har- 
monizer maintains Eventide's leadership position. For 
your most demanding applications, the H969 repre- 
sents the state -of- the -art in pitch change technology. 
Hear it at your Eventide dealer soon. 

Eventide One Alsan Way 
Little Ferry. Nil. 07643 

the next step (201) 641 -1200 
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FLYING ARENA SYSTEMS 
could he attached. Double- bridled 
half -inch steel cable was used to sup- 
port each point. 

"In England, there are very strict 
laws concerning the hardware and 
methods that may be used to suspend 
anything above the general public," 
Blanc notes. "Half -inch steel is man- 
datory, and the nylon span -set straps 
that are commonly used over here in 
the U.S. have traditionally not been 
allowed." 

Two -ton, CM- Lodestar chain -motor 
hoists lifted the weight of the loud- 
speaker system off the ground and 
into the air above the performance 
area. Rigid I -beams attached to two 
motors supported four sets of speaker 
enclosures, with each set weighing up 
to 4,000 pounds, including hanging 
hardware. Additionally, four sets of 
enclosures were single -hung (one 
motor), with each set weighing 
approximately 1,400 pounds, includ- 
ing cable. 

. : 
. 6 

Figure 6: For Judas Priest, Tasco supplied a total of 42 bass cabinets, 32 low -mid 
cabinets, 28 high -mid cabinets. Ten bass bins were stacked per side on the floor, 
with an additional six cabinets per side used as subwoofers. 

HANGING SOUND SYSTEMS 
Keeping the Hardware in the Air 

Many a concert -goer has enjoyed the sound of shows presented with hanging 
arena systems. Since the early Seventies, sound -system rertal firms have been 

faced with the challenge (and responsibility) of hoisting thousands of pounds worth of 
loudspeaker cabinets into the air above the performance area. 

Chances are that few audience members actually stop to consider exactly how that 
ponderous black mass of sound and lighting equipment was suspended in mid -air, 
who put it there, and just what keeps the gear in place until after the performance. 

. continued overleaf - 

Chan 3ag Mount 

Cable Strain 
Relief 
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A total of 12 motors and four I- 
beams kept a total of 68 cabinets, 
weighing approximately 20,800 
pounds, suspended for the duration of 
the performance event (Figure 6). 

"The system configuration that you 
see in use here is what has worked out 
to be the best -sounding and most 
practical method of 
using this system 
with Judas Priest," 
explains Gordon 
"Gungy" Patterson 
(pictured right). "I 
have experimented 
with using it in a 
variety of different 
setups; it has 
worked out best to 
leave most of the 
system's low end down on the deck, 
and to get the high- frequency compo- 
nents up in the air. Since the speaker 
system is laid out in a modular 
fashion, I am able to pick and choose 
just how much of each frequency 
bands I want to stay down, and how 
much to go up in the air. 

The system, as you see it here, is set 
up in pretty much this same configur- 
ation in every venue that we play. 
That gives me a very consistent audio 
system to work with for presenting 
the band's music. The variable, of 
course, is the particular acoustics of 
each hall." 

Amplification 
and System Front End 

BGW and Crown amplifiers powered 
the Judas Priest system, bass cabinets 
being driven by BGW Model 750 -B 
and 750 -C units, bridged mono, with 
four, 15 -inch speakers connected to 
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Does More for You Every Day, 
And Sounds Better Doing It. 

Day after day, as the studio calendar shows, our 
incredibly versatile Generation II software package 
fulfills the promise of the Eventide SP2016 Effects 
Processor / Reverb. Each SP2016 is shipped with 
all of the effects shown, already installed and ready 
to use, And Generation ll software puts you in 

control of a wide variety of parameters for each 
program. What's more, there are even more 
programs to come. 
Pi °Trani software is supplied data -compressed cintu 11 ROM chip, 

But what the calendar photo can't convey is the 
noticeably superiot audio quality of our effects. 
Especially on the most critical reverberation 
programs, our proprietary SP2016 hardware and 
advanced Generation II software designs make a dif- 

ference you can readily hear. So let your ears decide. 
The SP2016 is available from a very select group of 
Eventide dealers. To arrange for a demo by an 
SP2016 dealer. just call Eventide at (201) 641 -1200. 

Evde 
next step 
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In the early evening of Sept. 17, 1973, Jay 
Barth was at the wheel of a 22 ft. utility 
truck that was loaded with sound equip- 
ment. Just south of Benton Harbor, MI an 
oncoming car crossed the center -line; 
fortunately Jay steered clear of the 
impending head -on collision. Unfortu- 
nately, a soft shoulder caused the truck to 
roll two and one half times. Exit several 
Crown DC- 300A's through the metal roof 
of the truck's cargo area. 

The airborne 300A's finally came to rest - scattered about in a muddy field, 
where they remained partially submerged 
for four and a half hours. 

Jay miraculously escaped injury; the 
amplifiers apparently had not. 

Unbelievably, after a short time under a 
blow -dryer all the amps worked perfectly 
and are still going strong. 

The rest - and the truck, is history. 

For additional Information circle #45 
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Figure 7: Representative power amplifier 
racks housed BGW -750s and Crown 
DC -300A models. 

each single amplifier. The bass 
cabinets used as subwoofers were 
driven by Model 750 -As run in stereo 
mode, with one cabinet driven by each 

FLYING ARENA 
SOUND SYSTEMS 

amp side. BGW Model 250s powered 
the low -mid cabinets in bridged mono, 
with each amplifier driving four 
loudspeakers. 

Crown I)C -300As powered the high - 
mid boxes, two cabinets containing 
four, two -inch compression drivers 
being driven by each channel. In 
addition, eight high -frequency 
"bullets" were connected to other 
channels. The long -throw horn 
cabinets were powered by BGW Model 
250 amplifiers with four drivers per 
amp channel (Figure 7). 

"'I'he power section of this system is 
undergoing changes right now," 
explained Tasco's Tony Blanc. "The 
company recently bought out all of 
the amplifier racks that were used by 
an East Coast sound company; that is 
where all of these older llC -300As 
came from." ... continued overleaf - 

HANGING SOUND SYSTEMS ... continued 
The universally accepted method of hanging today's sound systems from the ceiling 

beams of arenas makes use of electric chain hoists, such as those manufactured under 
the name C/M Lodestar. A typical arena tour travels in a self- contained fashion with 
one or two dozen motors, along with steel shackles, bridles in assorted lengths, and 
nylon Span -sets (endless -loop, high- capacity load- bearing straps) for use in lifting and 
suspending the sound and lighting systems. Typically, this hardware is overseen by 
high -climbing, strong- backed individuals known as "riggers." 

Most major touring sound companies maintain their own stock of rigging gear for 
use with arena sound systems. Chain motors are also a common sight at large outdoor 
festival sites, where they are used to construct "elevators" for assembling the tower- 
ing stacks of loudspeaker cabinets. 

Rigging as a Service Industry 
Oftentimes, sound (and lighting) firms will find the rental of rigging gear to be more 

cost -effective than actual purchase, an economic fact that has led to the development 
of specialized rigging companies, formed to serve the touring entertainment industry. 

Stage Rigging, Inc. (P.O. Box 95, San Carlos, CA 94070) has grown from humble 
beginnings (six hoists) in 1977 to now being one of the nation's largest specialty rigging 
firms for touring shows. Under the direction of Rocky Paulson, the firm's working 
stock of more than 150 chain motor hoists has recently serviced such arena tours as 
Huey Lewis and the News, Barry Manilow and Neil Diamond. 

"Sound companies often come to us because they do not want the responsibility of 

owning, maintaining, and inspecting rigging gear," explains Paulson. "Sound engi- 
neers would usually rather be digging into an amplifier than an electric motor!" 

C/M Lodestar hoists are commercially available with rated capacities ranging from 
1/8 -ton [250 pounds] to two tons. One -ton and two -ton motors are by far the most 
popular sizes for hanging sound gear. A hoist with a one -ton rating is able to dead -lift 
2,000 pounds of speaker cabinets, steel shackles and cabling into the air, and hold it 

there indefinitely (at least until the concert is over!). 
"The load rating is a bit misleading," notes Paulson. "There is actually a 5 -to -1 safety 

factor built into every part of a C/M hoist. A clutch prevents the unit from actually 
lifting more than 125% of its rated capacity, but it can actually bear a standing load five 

times that weight before you would see hoist failure or broken parts. But it is very 
important to not exceed the rated load capacity of a given hoist." 

Most users of rigging systems rely on 220V AC models of the chain -motor hoists. 
However, occasionally a sound company will opt for the 110V version. Paulson feels 
that the 220V is the best choice: "Each 110V unit draws up to 15 amps when 
operating," he points out. "But, when you have initial start -up of the motor, you have 
three times the current draw, and that takes a pretty heavy -duty power- distribution 
system to run on 110 volts." ... continued overleaf - 
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HANGING SOUND SYSTEMS ... continued 
Strapping Up the Sound System 

Once upon a time, component sound systems were piled and strapped onto 
cumbersome platforms or "baskets" that had hook -up points for attaching steel 
cables and the chain motor. Today, most touring arena sound systems are set up with 
simple I -Beam or bar hardware. Nylon straps with safety clips are often used to 
assemble modular speaker cabinets in vertical columns. Each cabinet will typically 
have integral stress -rated hanging points. 

"There are now some excellent synthetic materials for use as rigging gear, including 
nylon," explains Paulson. "We have available to us a wide range of hooks and fitting 
made from many different synthetic materials - far more items than are supplied in 
steel. However, steel cable is still a very big part of what goes into putting a sound 
system into the air." 

Even with laboratory- tested hardware and conservatively rated load capacities, 
proper operation and maintenance techniques are a critical part of using chain motors 
to suspend sound systems above performers and audiences. As with a chain, any 
technical system is only as strong as its weakest link. 

"Constant, regularly scheduled maintenance is important," advises Paulson. 
"Many sound companies may own motors and rigging gear, but it can be expensive to 
keep somebody on full -time to stay on top of it all the time and assume responsibility. 
Lives can depend on the proper or improper use of rigging hardware." 

Stage Rigging, Inc. maintains expensive liability insurance coverage, as do other 
reputable rigging firms and sound companies involved in hanging systems. Fortu- 
nately for the touring entertainment industry, rigging accidents are few and far 
between. "Ultimately, the overall responsibility rests with the act, and the show's 
promoter," says Paulson. "We like to think that touring acts use our services because 
they know they are getting well- maintained rigging gear set up by knowledgeable, 
competent technicians. It helps to minimize their risk." 

Hanging an arena sound system is a bit more complicated than hanging a picture or 
chandelier. Before attempting a first -time involvement in these highly specialized 
techniques, sound company personnel would do well to thoroughly research the 
subject. 
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Figure 8: Two Midas 32 -input consoles 
provided a total of 64 input channels. 
The console at left was used as a sub - 
mixer for drum channels, and to service 
the opening act. 

A Midas 32 -by -8 main house con- 
sole equipped with Pro -4 modules and 
auxiliary effects busses was supple- 
mented with a Midas 32/8 submixer 
to provide a total of 64 inputs (Figure 
8). 

"The desk that I am using as a 
submixer has Pro -5 modules," notes 
Patterson. "The basic difference there 
is the parametric mid -band. I am tak- 
ing three stereo pairs from it into the 
main board: two pairs give me the 
tom -tom and overhead drum mike 
submixes; then a stereo pair from the 
master of the submix board is injected 
into the main board." 

Main left and right output signals 
from the Midas console pass through 
Klark -Teknik Model DN27A third - 
octave graphic equalizers, and then 
passed through dbx Model 165 Over - 
easy compressor /limiters. Model 
SFX -MP electronic crossovers are 
manufactured by Tasco London. 
"These crossovers were put together 
and modified specifically for the 
Harwell System," explains Patterson. 
"They can be used either as a mono, 
six -way crossover, or as three mono, 
two -ways. Obviously, they work well 
for multiple -mix stage monitoring 
applications as well as for the main 
drive crossover in the house system." 

Additional dbx Model 162 stereo 
compressor -limiters were provided for 
use on the midrange and high - 
frequency bands of the crossover out- 
puts. A Klark -Teknik Model DN60 
real -time analyzer provided graphic 
visualization of the system's fre- 
quency response in the room. The sys- 
tem's main drive components were 
housed in one of three matching elec- 
tronics racks (Figure 7). 

Additional signal -processing and 
special effects devices included a 
Roland SRE -555 Chorus Echo, a Lex- 
icon Prime Time, Eventide Harmon- 
izer, and a Lexicon Model 224X digital 
reverb. An additional rack housing 
dbx 900 Series compressors and noise 
gates was used for channel- insert 
applications on vocal, drum and 
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Heavy -Metal Kick Drum 
To give Judas Priest's heavy -metal 

fans the full benefit of the subsonic 
impact of a bass drum unleashed on 
an unsuspecting arene, Patterson 

uses an interesting set of processing 
devices, as shown in the accompany- 
ing block diagram. The channel - 
inserted chain of devices includes a 
Klark -Teknik Model DN22 graphic 
equalizer, a dbx Model 903 compres- 
sor module, and a 904 noise gate 

module. The processed signal is then 
passed through a dbx Subharmonic 
Synthesizer ( "Boom Box "), returned 
to the submix console channel, and 
eventually finds its way into the main 
console. 

"The really deep, heavy bass drum 

It speaks 
for itself. 

We thought about hiring an expensive superstar to 
extoll the virtues of the famous Orban 622B 
Parametric EQ. After all. there are 622B's backing up 
superstars worldwide in recording studios, arena 
shows, broadcast facilit es...you name it! But we 
decided not to. Because ultimately, the Orban 622B 
speaks for itself -it's the most widely used, popular 
professional Parametric in the world. 
The 622B combines full, four -band Parametric 
equalization with tunable notch filtering to 
offer extraordinary versatility and control. Our 
"constant -Q" design provides -40dB attenuation 
while allowing gentle, musically -useful broadband EQ 
too. This makes the 622B ideal for critical sound 
reinforcement chores as well as studio production 
work. 
Call your local Orban for further information. 

OrbanOrban Associates Inc. 645 Bryant St. 
San Francisco, CA 94107 (415) 957-1067 
TLX: 17 -1480 
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FLYING ARENA 
SOUND SYSTEMS 

sound is an important part of Judas 
Priest's concert sound," notes Patter- 
son. "Just putting the mike up there 
by itself doesn't really get me the 
desired effect without low -end feed- 
back. It may seem like a lot of trouble 
just for the sound of the kick, but it 
works." 

Microphones and Inputs 
"With the high stage -level sound - 

that we are dealing with, the noise 
gates are important, particularly on 
the drum microphones," explains 
Patterson. "This show would be much 
more difficult to mix without them." 

Two bass drums, the rack and floor 
toms, and a snare top and bottom 
mike are all gated with dbx Model 
904s. A double -neck bass (four- and 
eight- string) took up two inputs, and 
other devices included Moog Taurus 
bass pedals and stereo guitar cabinet 
microphones, as well as special echo 
effects guitar pedalboard. Nady wire- 
less units were used for the electric 
bass and guitars. 

"I keep half of the submix console 
-16 inputs - open for use by the 
opening act on the show," comments 
Patterson. "That way, their sound- 

Figure 9: Three matching electronics racks housed a variety of signal processing 
gear. The main drive rack, at left, contains a Klark -Teknik DN60 real -time analyzer 
and DN27A graphic equalizers, two dbx 165 compressor -limiters, and Tasco SFX6- 
MP electronic crossovers. 

man can set up his mix on that desk, 
and it doesn't affect what I have set 
up on my inputs. It works out well for 
both of us." 

The crew chief finds that setting up 
the house mix position in an arena 
such as the one in Long Beach 
requires some forethought. "If you put 

MONITOR YOUR STEREO 
SOUND COP 

AM and FM stereo broadcasters, cassette duplication facilities, televi- 
sion and film post production houses, and recording studios can verify 
stereo phase and separation, VU levels, peak levels, and time code 
phase with AM -1 and AM -2 StereoScope Audio and Time Code 
Monitors. 

CRT DISPLAY OF STEREO AUDIO 
X/ Y DISPLAY FOR STEREO PHASE AND SEPARATION 
TIME CODE DISPLAY OF PHASE AND GENLOCK 
VU METERS FOR LEFT AND RIGHT CHANNELS 
LED PEAK DISPLAYS SHOWING HEADROOM AVAILABILITY 

See us at NAB Booth tt 1336 
or call or write us. 

B & B SYSTEMS, INC. 
28111 N. Ave. Stanford 

Valencia, CA 91355 
(805) 257 -4853 
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yourself too far back in the reverber- 
ant field, you will have a tough time 
mixing the show," he offers. "How- 
ever, being too close to the stage will 
actually put you underneath the 
throw of the flying system, so you 
don't get an accurate idea of what is 
happening behind you in the room. I 
use some gear down on the deck, at 
stage level, but I like to be able to hear 
the entire system, not just part of it. 
Generally, about a hundred feet back 
in an arena this size will work well for 
me." 

Stage Monitoring 
Stage monitor sound for Judas 

Priest is handled by Tasco's Martin 
Rowe. An active splitter system feeds 
a Midas stage console equipped with 
Pro -4 EQ modules. Six Klark- Teknik 
graphic equalizers and six Yamaha 
Q1027 equalizers provides graphic 

Figure 10: The monitor mix position, 
overseen by Martin Rowe. A 12 -mix 
Midas stage console is augmented with 
Yamaha Q1027 and Klark -Teknik DN27A 
graphic equalizers. 



Figure 11: A variety of floor slant monitor 
speakers were provided, featuring JBL, 
Cetec -Gauss and Electro -Voice 
components. 

controls for each of the 12 outputs 
(Figure 10). 

A variety of slant floor monitors 
were provided, with components by 
Cetec -Gauss, Electro -Voice and JBL. 
One pair of slants targeted for the 
guitarist featured Electro -Voice EVM 
Series 12 -inch loudspeakers, the same 
as used in the guitar amplifier cabinets 
(Figure 11). 

The massive side -fill monitor stacks 
included Martin bass bins, Commun- 
ity Light & Sound mid -bass flares, 
and JBL horns and lens units (Figure 
12). 

Subjective Comments 
While walking throughout the seat- 

ing areas of this cavernous venue, I 
noticed a fairly high reverberance 
factor when the room was empty. 120 
dB bursts of pink noise used to adjust 
the system's crossover levels were 
quite irritating in the vacant hall. 
Playback music was difficult to listen 
to. 

Figure 12: Massive sidefill monitor stacks 
included Martin bass bins, Community 
Light & Sound mid -bass flares, and JBL 
horns and lenses. 

However, with live program mate- 
rial in the sold -out arena at showtime, 
it was a different story. At the console 
and throughout the floor seating area, 
full- frequency sound was presented 
with a very clear mix. The subwoofer 
section enhanced the performance 
with a tremendous boost in the lower 
register. 

In the uppermost regions of the 
arena, the system had a very warm 
characteristic, with mid -bass 
frequencies overshadowing the higher 
frequencies. This situation was re- 
versed when one listened to the sys- 
tem on -axis with the high- frequency 
cabinet arrays from the seating areas 

level with the hanging components. 
Variances in predominant frequen- 

cies were seemingly due to the physi- 
cal construction of the arena itself, as 
opposed to this particular system and 
its method of deployment. A centrally 
located single point- source cluster 
would have its obvious advantage in 
such a setting. However, flying 
concert -sound systems such as this 
one have made possible the presenta- 
tion of high -level contemporary musi- 
cal events, with a maximum number 
of seats available to the public due to 
the clearer lines of sight than if the 
same amount of loudspeaker enclo- 
sures were stacked on the stage. 

At Last,a200 Witt Coax! 
Everyone knows the benefit of a well 

designed coaxial loudspeaker... a single - 
point sound source. Until now. the most 
popular coaxials presented severe power 
limitations...had to have "trick" cross - 
overs...and needed time compensation. 
Gauss technology has changed all that. 

The new Gauss 3588 is the first 
computer designed coaxial. But, we know 
computers can't hear, so we used a panel 
of -golden ears" at the fall AES to help 
determine the final sound of the loud- 
speaker. This combination of computer 
design and great ears gives you a coax 
with the sound and the power you want! 

With a conservative power rating of 
200 watts RMS, this new Gauss coaxial 
has been tested to 750 watts delivering 
clean sound... and can "coast" along at 
control room levels still delivering great 
sound. Metric sensitivity is 95dB for the 
low frequency and 109dB HF 

Because of our proprietary design 
parameters, both drivers are virtually in 
the same acoustic plane, eliminating the 

need for costly time compensation net- 
works. For bi -amp operation, you car. use 

any standard professional quality 
crossover. 

The unique cosh horn was designed 
using Gauss's exclusive Computer Aided 
Time Spectrometry (CATS') program. 
This design provides an extremely stable 
image ... reduced second harmonic dis- 
tortion ...and virtually no midrange 
shadowing. 

For additional information on the new 
Gauss coaxial loudspeaker, call or write 
Cetee Gauss, 9130 Glenoaks Blvd., 
Sun Valley, CA 91352, (818) 875 -1900. 
Or better yet, hear it at a selected 
sound specialist soon. 

Sound Ideas for 
Tomorrow. Today! 

by 
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MICROPHONE EVALUATIONS 
The first part of this article, pub- 
lished in the December 1984 
issue, concluded with a de- 

scription of stereo monitoring condi- 
tions prevailing throughout our lis- 
tening sessions, which made use of 
JBL 4310 and 4320 monitor loud- 
speakers, as well as AKG K -141 stereo 
headphones. 

Before proceeding with the actual 
evaluations of the various stereo 
techniques and the individual micro- 
phones themselves, I would like to 
acknowledge again the presence of 
subjective factors in this process. One 
example is the problem of separating 
stereo qualities from microphone 
qualities. For this reason, our 20 par- 
ticipating auditioners in this round of 
evaluations were asked to concen- 
trate upon their perceptions of the 
qualities of the individual micro- 
phones themselves. The evaluations 
of the'stereo techniques that now fol- 
low are those of the author. 

Stereo Techniques 
The real winner here was the 

surround -sound representation of the 
musical performance in the recital 
hall, recorded in the single -point Cal - 
rec Soundfield technique. The Ambi- 
sonic sound image as reproduced over 
four discrete, matched channels was 
spectacular in effect, yet completely 
natural. This mode of reproduction 
via four loudspeakers was accom- 
plished by matrixing the X, W, and Y 
horizontal B- Format signals within 
the Neve console, through proper 
selections of channel assignment, 
level, and signal polarity. In the 
absence of a B- Format surround - 
sound decoder, it is possible to use the 
following arrangement with a con- 
ventional console to convert the three - 
channel horizontal B- Format signals 
into appropriate loudspeaker feeds, in 
a process that is very similar to deriv- 
ing left and right signals from MS 
recordings. 

Having selected four appropriate 
bus outputs to represent the four - 
channel surround -sound sends - for 
example, #1 as left- front, #2 as right - 
front, #3 as left -rear, and #4 as right - 
rear - the B- Format W signal, repre- 
senting an omnidirectional micro- 
phone, is connected to an input 
channel and routed to all four busses, 
as shown in the accompanying dia- 
gram. The X signal, representing a 
forward- facing figure -of- eight, is 
connected to two console inputs, one 
of which is routed equally to bus #1 
and #2, and the other to bus #3 and #4. 

To preserve directionality, the phase 
of the input to the second "X- channel" 
must be reversed relative to the first; 
the same concept can be achieved via 

a phase- reverse patch cord if the con- 
sole does not offer phase -reversal 
switching. In the same way the Y sig- 
nal, representing a side -facing figure - 
of- eight, is connected to two more 
inputs - with phase reversal on the 
second channel - and routed equally 
to busses #1 and #3, and #2 and #4. By 
balancing the channel faders carry- 
ing the X and Y signals to be 6 dB 
down in level relative to the W or omni 
signal, a faithful reproduction of an 
Ambisonic horizontal sound field can 

be achieved. 
The remaining, two -channel choi- 

ces, listed in order of my personal 
preference, simply could not be expect- 
ed to approach the aural excitement of 
Ambisonic surround sound. I hope 
that the availability of the Soundfield 
system, despite its considerable ex- 
pense, will motivate a resurgence of 
interest in Ambisonic recording and 
reproduction among audio engineers 
and the general public. 

... continued overleaf - 
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SYNCON series B 
Shopping for a Desk these days can be a chancy 

business. Limited budget; all too often mean limited 
equipment, limited performance - and limited 
potential for future expansion. It's a story that many 
smaller studios know to their cost. 

Enter the SYNCON Series B- a mixer of 
unrivalled flexibility, designed by AHB to grow with 
your studio but with a minimum upfront capital 
outlay. 

The in -line modular concept of the SYNCONB 
means that you can start with a basic 8 or 16 track 
configuration and, without factory modification, 
expand to a 44 input, full'rautomated console with 
patchbay. And even the patchbay is totally m adular- 
totally expandable. 

For more than 10 years AHB has earned the 
confidence of the World's audio fraternity. With the 
SYNCON Series B we have proved that it is possible 
to build a low -cost desk with a performance equal to 
one twice its price. With a sound -handling capability 
unmatched in the price range. 

So we can confidently claim that the Series B 

represents one of the best deals going in today's 
market. 

\HB 
ALLEN AND HEATH BPENELL LTD 

Allen & Heath Brenell (USA) Ltd. 
Five Connair load 
Orange 
Connecticut CE477 
USA 
Tel: (203) '95 -3594 



MICROPHONE 
ASSESSMENTS 

1. Slightly spaced or near - 
coincident cardioid pair, includ- 
ing ORTF. 

It is my firm belief that if one sets 
out to make a stereophonic recording, 
clarity of musical texture, precise ster- 
eo imaging (including depth perspec- 
tive), and spaciousness (even ambient 
"warmth ") are paramount considera- 
tions, while monaural compatibility 
assumes a position of only secondary 
interest. If one wants to make a 
monaural recording, let him (or her) 
do so; my own preferences are for true 
stereophonic reproduction (or if avail- 
able, surround sound), providing that 
the music itself remains the end of all 
such means. There is no doubt, of 
course, that stereo recordings des- 
tined for disk mastering, broadcast- 
ing, etc., should avoid any exagger- 
ated random phase differences be- 
tween channels: Not only is monaural 

compatibility seriously degraded, but 
also (and more importantly) the ster- 
eo qualities of the recording are 
severely compromised. 

Since we hear with two ears that are 
slightly spaced, it follows that accu- 
rately recorded time -difference cues 
between channels can greatly en- 
hance stereo perspective. My exper- 
ience has been that a carefully chosen 
near -coincident microphone technique 
will satisfy all of the goals of proper 
stereo reproduction more successfully 
than the strictly coincident ones, 
which project the stereo illusion 
primarily from intensity cues. (The 
obvious exceptions are the coincident 
Ambisonic and "perisonic" tech- 
niques, which offer very convincing 
illusions of depth perspective.) In 
summary, a near -coincident record- 
ing appears to have more depth than 
one made with a coincident tech- 
nique; a coincident recording appears 
to be two -dimensional by comparison 
(that is, existing on a line between the 

two loudspeakers rather than occupy- 
ing the space between and behind the 
loudspeakers). These perceptions were 
evident throughout all of the listening 
tests, no matter which near -coincident 
pairs were being auditioned at a given 
moment. 

An RTW Model 1260 stereo correla- 
tion meter, with memory, was used to 
monitor the phase conditions between 
channels in the various stereo tech- 
niques. (Readings in the range of 0 to 
+1 indicate "proper" stereophony; 
excessive out -of -phase information is 
present when readings move consis- 
tently into the -1 to 0 range.) The 
worst -case reading for our near - 
coincident pairs was -0.1, remaining 
in the 0 to +0.9 range most of the time 
(ORTF range: -0.1 to +0.8).21 These are 
absolutely correct readings for proper 
two -channel stereo. 

All of my criteria for good stereo 
reproduction were satisfied by the 
near -coincident microphone place- 
ments. Furthermore, near -coincidence 

In addition, refer to the polar 
diagrams shown on page 80 
for further clarification of how 
monitor outputs are derived 
from B- Format signals. 

BUS 

ASSIGN 

1 =LEFT FRONT 

2 =RIGHT FRONT 

3 =LEFT REAR 

4 =RIGHT REAR 
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ALTERNATE MONITORING LAYOUTS 
FOR AMBISONIC REPLAY 
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Totally steerable both vertically and 
horizontally in POST PRODUCTION, off tape. 

_ Variable stereo capsule angle and polar 
pattern in POST PRODUCTION, off tape. 

Li Variable zoom, both forwards and backwards, 
in POST PRODUCTION, off tape. 

The only truly coincident stereo microphone 
in the world. 

THE FACTS 
The spherical three - 

dimensional pick -up of the 
Soundfield Microphone is such 
that the phase errors introduced 
by the capsule spacing in normal 
microphones are effectively 
eliminated and the resulting 
stereo output of the control unit 
has virtually perfect image 
placement at all frequencies. The differing 
frequency responses Df the pressure and 
gradient components of the signal are also 
corrected, thus giving an equally flat response to 
both on- and off -axis sounds. These two facts make it 
possible, for the first time ever, not only to generate 
exactly signals envisaged by A. D. Blumlein when he 
first proposed the M/S system, but to extend them 
into three dimensions. 

This spherical representation of the original soundfield 
allows a stereo signal to be extracted pointing in any 
direction and of any first crder polar diagram. The angle 
between the two microphones may be varied between 0° 
(mono) and 1 80° and the apparent proximity to the original 
sound sources may also be adjusted. 

The control unit also provides a four -channel output signal, 
known as "B format',' which exactly represents the first order 
characteristics of the soundfield. Recordings stored in "B 
format" allow the POST SESSION use of all the 
aforementioned controls. The advantage of being able to set 
such critical parameters as image width, direction of point and 
tilt, polar patterns and distance - all in the peace and quiet of 
the dubbing studio - cannot be over -emphasised. "B format" is 
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is quite flexible, easy to set up, and 
generally less expensive than tech- 
niques requiring costly stereo micro- 
phones. Two Neumann KM84s or tWo 
AKG C460Bs, which can also be used 
for coincident XY stereo, panpot ster- 
eo, etc., are far less expensive than 
either one SM69fet or one C34. 

2. Binaural dummy head (Kunst - 
kopf). 

I preferred the stereo image pro- 
duced by the re- engineered KU81 
dummy head to that of the coincident 
methods, for the very same reasons as 
those just given above. Here is another 
near -coincident system, using omni- 
directional pressure transducers that 
take on certain directional properties 
owing to the head construction. In 
fact, the KU81 may indeed approach 
an "ideal" stereo technique - but it 
has at least three significant draw- 
backs: expense (approximately 
$2,500); lack of flexibility for other 
uses of the microphone transducers; 
and a real problem with physical 
appearance. It is unlikely that Kunst - 
kopstereofonie will ever find much 
favor in "live" recording, especially of 
stage events where the "head" can be 
seen by the audience and /or the per- 
formers. The range registered on the 
correlation meter for the KU81 was 
-0.1 to +0.8; a quite acceptable figure 
for good stereo. 

3. Coincident MS, matrixed to left 
and right channels. 

With good equipment, proper room 
acoustics and microphone placement, 
and an understanding on the part of 
engineers of matrix techniques, MS 
recording can yield predictable and 
generally satisfying results. One 
investigator refers to a "lack of inti- 
macy" in MS recordings.22 I prefer MS 
to "normal" coincident XY because 
the phenomenon of "center buildup" 
is minimized. The tendency for non - 
matrixed XY recordings to emphasize 
the center of the stereo sound field, 
owing to the overlap of the cardioid 
patterns, becomes very noticeable 
when the two channels are summed to 
a single monaural channel. In -phase 
mixing of the left and right channels 
of recordings which began with M 
(middle) and S (side) components 
yields only the M component back 
again; S drops out and there is no cen- 
ter over- emphasis remaining, only an 
excellent mono resultant. 

The MS technique is an especially 
attractive method for use with solo 
instruments and voices in multi- 
channel recording; much more spa- 
ciousness is heard "around" the solo- 
ists than ever available from panned 

R -e /p 74 February 1985 

Photo detail of mike arrays for second evaluation 
session (above), and third session (top). 

mono channels. Stereo microphones 
such as the AKG C34 and C422, Neu- 
mann SM69fet and USM69, and 
Schoeps CMTS501 U are very flexible: 
each has multiple polar patterns per 
capsule; the capability for rotating 
one of the capsules through 180 
degrees or more; and applications to 
both the XY and MS techniques. 
These microphones are expensive, 
however, and a successful MS tech- 
nique is invariably dependent upon 
good acoustical surroundings. The 
correlation meter range for our MS 
recordings (matrixed to left and right) 
was 0 to +1; an appropriate figure for 
stereo and indicative of the high 
degree of monaural compatibility 
available from this technique.2' 

4 and 5: Coincident cardioid XY 
and coincident bidirectional XY 
(Blumlein). 

Coincident cardioid XY and bidi- 
rectional XY rate about even in this 
ordering. Cardioid XY microphones 
exhibit the "center buildup" problem 
just mentioned; the Blumlein method 
minimizes this effect but picks up 
more reverberation. The latter is 
therefore more dependent upon good 
room sound. While the cardioid XY 
technique may be "safer" in many 
reverberant environments, we should 
not forget that the figure -of -eight 
patterns of microphones required for 
the Blumlein technique are usually 
more frequency- independent than 
their cardioid counterparts. Correla- 
tion meter ranges were within +0.4 to 
+1 for both XY techniques, indicating 
the presence of more in -phase infor- 
mation between channels than found 
in any of the other methods. 

6 and 7: Widely -spaced omnidi- 
rectional or boundary layer 
microphones. 

Likewise, these two techniques rate 
about even, since they both present 
real problems of stereo imaging and 
monaural compatibility, at least in 
the opinion of this author. (See also 

Bruce Bartlett's remarks quoted in 
Part One, published in the December 
issue; reference #10.) Closely -spaced 
omnis and PZMs offer little, if any, 
stereo separation or imaging. How- 
ever, it is possible, by the ingenious 
use of large boundary surfaces, to 
emulate the "classical" coincident 
and nearcoincident techniques with 
PZMs.24 But one must really grapple 
with the problems of stereo recording 
using omnidirectional microphones. 
The use of a three- or even five - 
microphone, equally- spaced omni 
technique, in which a good center -fill 
or monaural -only pickup is present, is 
one approach. 

The three -microphone method (left, 
center, right) was in widespread use 
in the late Fifties and early Sixties, 
when record companies were selling 
mono and stereo versions of the same 
release; three -channel half -inch mas- 
tering recorders were built especially 
for this purpose by Ampex and other 
manufacturers. Nevertheless, an 
equal or nearly -equal mix of widely 
spaced microphones of any configur- 
ation, to achieve a two -channel result, 
will still present phase -cancellation 
problems. 

As noted earlier, Bruel and Kjaer is 
committed exclusively to the manu- 
facturing of recording. The booklets 
that accompany the 4000 Series con- 
tain application notes and drawings 
that relate only to monaural (single - 
microphone) recording and broad- 
casting - no mention of stereo can be 
found. 

Consequently, I decided to contact 
the person in charge of the 4000 Series 
B &K, Henning Moller, to seek his 
views on the proper stereo technique 
for 4007s under the conditions pre- 
vailing for this evaluation. On two 
occasions, he suggested that I try a 
separation of "four to five meters" 
[italics mine].25 He also advised that I 
should listen to the Denon phonodisk 
No. OF- 7013 -ND (a digitally- mastered 
recording of Beethoven's Symphony 

... continued overleaf - 
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No. 5, performed by Staatskapelle 
Berlin, Otmar Suitner, conductor), 
since the overall stereo pickup in this 
recording was from widely- spaced 
B &K 4000 -Series omni microphones. 
(B &K has sent notices about this 
recording to persons on its mailing 
list.) 

I have auditioned this disk and can 
confirm that it is a well -engineered 
recording. But I should report that a 
photograph of the recording session, 
reproduced in the program notes, 
reveals several "spot" microphones 
(U87s ?) distributed among the var- 
ious instrumental choirs of the 
orchestra. Therefore, the recording 

does not enable the listener to listen to 
widely- spaced B &K omni micro- 
phones in isolation, or as the sole 
contributing factors to the stereo - 
phony of the recording. 

A four- to five -meter (13- to 16 -foot) 
separation proved to be unacceptably 
wide for our recording, so the 4007 
microphones were moved to within 
2.8m (9 feet) of each other. Even this 
distance yielded a -0.7 to +0.7 range of 
readings on the phase correlation 
meter, indicating the presence of more 
random -phase components than are 
generally considered tolerable for 
accurate stereo reproduction. 

Bruce Bartlett of Crown Interna- 
tional suggested six feet as a "typi- 
cal" spacing for floor -mounted 
PZMs.'h Again, the distance was 

TABLE 3: STEREO MICROPHONE TECHNIQUES 
UTILIZED DURING CURRENT EVALUATIONS 

Stereo Technique' 

Coincident MS, Matrixed 
to Left and Right Channels 

Coincident Cardioid XY 

Coincident Figure -of -Eight 
(Bidirectional) or Blumlein XY 

Slightly Spaced (1 ft., 30cm or less) 
Cardioid Pairs, approx. 45° 
toed -out angle 

ORTF 

Widely- spaced (9 feet /2.8m) 
Omnidirectional Pair 

Widely- Spaced (4 feet /1.2m) 
PZM pair, on floor 

Binaural Dummy Head 

Microphones Evaluation Number 
(2) = May 9, 1984 
(3) = June 13, 1984 

AKG C34 (2) 
Calrec MkIV Soundfield" (2) 
Neumann SM69fet (2) 
Neumann SM69 (tube) (3) 

AKG 460B (2) 
Calrec CM2050C (2) 
Calrec MkIV Soundfield" (2) 
Neumann KMF4 (2) 
Schoeps CMC54U (2) 
Milab XY-82 (3) 

Calrec MkIV Soundfield" (2) 

AKG C414EB 
Neumann TLM170 
Milab DC -96B 
Milab LC -25 

Schoeps MSTC54 

Bruel & Kjaer 4007 

Crown PZM -31S 

Neumann KU81 

Single -point Ambisonic Calrec MkIV Soundfield" 
Surround -sound 

(2) 
(2) and (3) 

(3) 
(3) 

(2) 

(2) 

(3) 

(2) 

(2) 

'Note: All microphones were located approximately Ito 8 feet (2 to 2.5m) above the floor 
of the stage on a line about 4 feet (1.2m) downstage from the singer, except the B &K 
4007s and the PZM units. The 4007s were on 6 feet (1.8m) stands, on the same line as the 
cluster of microphones, spaced 9 feet or 2.8m Ill apart. The PZMs were on the floor, on a 
line approximately 3 feet (90cm) from the singer, spaced 4 feet or 1.2m apart. See 
photographs of the recording sessions, and Figures 1 and 2. 

"Note: In addition to recording the stereo output from the Soundfield system onto the 
Studer /telcom 15 ips 24 -track tape during the May 9 evaluation, its B- Format outputs 
were simultaneously recorded by a four -channel Ampex ATR -100, operating with Dolby 
A -Type noise reduction systems (15 ips, Ampex 456 Grand Master half -inch tape). The 
Ampex /Dolby B- Format recording provides the recovery of all four techniques (") 
shown above (Matrixed MS, Cardioid XY, Blumlein XY, and Single -point Ambisonic), as 
well as others beyond the scope of this project. I am indebted to Steven Sergeant, our 
audio engineer, for his assistance with the Soundfield B- Format recording. DOD 
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found to be too wide, so the separation 
was adjusted to four feet, resulting in 
a -0.4 to +0.6 range of correlation read- 
ings. The stereo imaging obtained 
from either the 4007 pair or the PZM 
pair can best be described as 
"amorphous." 

At this point, I would like to return 
the favor to Mr. Moller (and his col- 
leagues at B &K) by offering some 
thoughtful advice of my own: The 
company should consider marketing 
its truly excellent pressure transdu- 
cers in a dummy head, so that wide 
spacing is not required for stereo 
applications. Equalization character- 
istics for free -field, diffuse -field, or 
"in- between" uses could even be made 
switchable. While I am aware that the 
installation of two 4000- Series trans- 
ducers in an artificial head might 
compromise their phase and fre- 
quency response characteristics, at 
least a choice would be available to 
those of us who are concerned with 
the coherence of the stereo image. 

Microphone Evaluations 
These tests were conducted in a 

manner that offered no deliberate 
advantages or disadvantages to any 
of the microphones. There was no 
intentional sequential ordering dur- 
ing the playback of the multichannel 
tape; individual models were simply 
announced as "no. 1," "no. 2," etc., 
with as much skipping around and 
returning to requested units as time 
would permit. 

Following are composite ratings of 
the microphones, averaged from ques- 
tionnaires received from the 20 partic- 
ipants in our second and third exper- 
iments. Listeners were asked to rank 
the units from 1 (least favored) to 10 
(most favored); it was possible to give 
the same score to two or more 
microphones. 

EVALUATION #2, MAY 9, 1984 
Calrec MkIV Soundfield 8 02 
Neumann SM69fet 7 62 
Neumann TLM170 7 62 
Schoeps MSTC54 (ORTF) 7 58 
Neumann KU81 7 56 
Schoeps CMC54U 7 34 
AKG C34 7 22 
Neumann KMF4 6 80 
AKG C414EB 6 75 
AKG C460B 6 59 
Bruel & Kjaer 4007 6 43 
Calrec CM2050C 6 04 

EVALUATION #3, JUNE 13, 1984 
Neumann SM69 (tubes 7 56 
Neumann TLM170 7 31 
Milab XY -82 7 12 
Milab LC -25 6 91 
Milab DC -96B 6 86 
Crown PZM -31S 6 57 

By comparison, the composite 
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scores for the "control" microphones 
(SM69fet and TLM170s) were respec- 
tively 8.00 and 7.44 in the December 
1983 evaluation. 

As before, one must proceed with 
caution in interpreting the outcome, 
since these orderings are the results of 
listening tests, during which subjec- 
tive factors could, and probably did, 
influence the responses of the partici- 

pants. For example, the Schoeps mic- 
rophones were preferred by most of 
our auditioners in the ORTF configu- 
ration (over the XY setup), even 
though exactly the same capsule 
types (Mk 4) were used in both cases. 
We asked the listeners to concentrate 
on their perceptions of microphone 
quality over stereo quality, but clearly 
the latter exerted a strong influence. 
(This preference for ORTF over car- 
dioid XY is a minor, yet interesting, 
revelation.) In this same context, 

TABLE 4: SUBJECTIVE RANKINGS OF ALL MICRO- 
PHONES FROM THREE EVALUATION SESSIONS 

Rank Microphones 

Calrec MkIV 
Soundfield 

2 -3. Neumann 
SM69fet 

Neumann 
TLM170 

4. Schoeps 
MSTC54 

5 -6. Neumann 
SM69 tube 

Neumann 
KU81 

7 -8. Neumann 
U89 

Neumann 
U47 tube 

9. Schoeps 
CMC54U 

10. AKG C34 
11. Neumann 

U87 
12. Milab 

XY -82 
13. Milab 

LC -25 
14. Milab 

DC -96B 
15. Neumann 

KMF4 
16. AKG C414EB 

17. Neumann 
KM84 

18. AKG C460B 

19. Crown 
PZM-31S 

20. AKG C452EB 

21. Neumann 
KM86 

22. Bruel & 
Kjaer 4007 

23. Shure SM81 

24. Calrec 
CM2050C 

25. Electro- 
Voice RE15 

26. RCA 77-DX 

27. Sennheiser 
M KH405 

11) = Dec. 14, 1983; (2) = 

"Indicates a Tie 

Stereo 
Technique 

Stereo output, 
similar to 
matrixed MS 

MS, matrixed 

Slightly- spaced 
cardioid 

ORTF: 110°, 17cm 
cardioid 

MS, matrixed 

Binaural dummy 
head 

Slightly- spaced 
cardioid 

Slightly- spaced 
cardioid 

XY coincident 
cardioid 

MS, matrixed 
Slightly- spaced 

cardioid 
XY coincident 

cardioid 
Slightly- spaced 

cardioid 
Slightly- spaced 

cardioid 
XY coincident 

cardioid 
Slightly- spaced 

cardioid 
Slightly -spaced 

cardioid 
XY Coincident 

cardioid 
PZms, on floor 

(4 feet) 
Slightly- spaced 

cardioid 
Slightly- spaced 

cardioid 
Widely- spaced 

omnis (9 ft.) 
Slightly- spaced 

cardioid 
XY coincident 

cardioid 
Slightly- spaced 

cardioid 
Slightly- spaced 

cardioid 
Slightly- spaced 

cardioid 

Composite 
Score 

May 9, 1984; (3) = June 13, 

Evaluation 
Number 

8.02 2 

7.62 2 

7.62" 2 

7.58 2 

7.56 3 

7.56 2 

7.38 1 

7.38 1 

7.34 2 

7.22 2 
7.13 1 

7.12 3 

6.91 3 

6.86 3 

6.80 2 

6.75 2 

6.72 1 

6.59 2 

6.57 3 

6.54 1 

6.50 1 

6.43 2 

6.38 1 

6.04 2 

5.75 1 

5.38 1 

4.27 1 

1984. 
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there is the very strong possibility 
that the B &K 4007s and Crown PZMs 
would have found more favor if each 
had been represented by a single mic- 
rophone, placed closer to the singer, 
recorded in mono, and assigned to 
both monitoring channels during 
playback. 

Table 4 lists the composite rankings 
if the results from all three evalua- 
tions, in which a total of over 50 lis- 
teners participated, are interpolated. 

CONCLUSION: A Personal 
Evaluation of 27 Microphones 
For the second time in less than a 

year, I find myself advancing a set of 
personal opinions about a group of 
microphones. And again, I admit to 
the presence of subjective elements in 
this process, certainly including my 
own ears and modes of listening, my 
previous auditory experiences, and 
the manner in which I relate to our 
Control Studio A equipment. 

The following microphones all 
deserve highest praise: they are super- 
ior examples of today's "state of the 
art" microphone technology (9+ or 9, 
note ordering). Neumann TLM170 
and U89 (still my personal "favor- 
ites" in this application, in terms of 
sheer opulence of sound and elusive 
"musicality" - discussed in the ear- 
lier article), Schoeps MSTC54 and 
CMC54U, Calrec MkIV Soundfield, 
Neumann KU81, and Bruel & Kjaer 
4007. 

All but the B &K Model 4007 have 
some kind of directional capability; 
the last named may therefore have 
fewer applications. It should be report- 
ed, however, that we made excellent 
use of a single Model 4007 to record 
solo flugelhorn in a recent multitrack 
jazz session; at the same time a Model 
4006 (larger diameter capsule) was 
used on piano. As solo microphones, 
the B &K microphones come into their 
own. Both were brought into ex- 
tremely close proximity to the musical 
instruments with absolutely no over- 
load or frequency- emphasis problems. 
I regard the addition of one of the 
4000 -Series microphones to our collec- 
tion as an attractive prospect; I do not 
anticipate buying two for stereo. 

Schoeps microphones are eminently 
deserving of their reputation for main- 
taining the highest standards. Uni- 
formity of response (with only a trace 
of "condenser- sound" brightness), 
very high level signal outputs, and 
transformerless design characterize 
these elegantly conceived units. 

The Calrec Soundfield system can 
hardly be faulted, either in brilliance 
of design concept or quality of sound. 
It does have a bit of the "bright" qual- 
ity of many condenser units (more 
than a TLM170, for example). Calrec 
should make available a balanced- 
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output option for the control unit, 
either with or without transformers; 
and more thought could have gone 
into designing a less imposing exter- 
ior appearance for the microphone 
itself. These observations cannot pos- 
sibly detract from the significant 
development that the Soundfield sys- 
tem exemplifies in the historical evo- 
lution of microphones. Now all that is 
needed is for the price to come down. 

I became quite fond of "Fritz II," the 
Neumann KU81, whose ears have 
remarkable hearing acuity. Stereo 
headphone listening and loudspeaker 

reproduction are indeed compatible. 
The overall effect is an exceptionally 
ingratiating aural "view" of the mus- 
ical performance as perceived through 
Fritz' ears. This system has dispelled 
my previous bias against the use of 
pressure transducers for stereo record- 
ing. 

The next category of microphones 
is only slightly less favored than 
those just discussed. Rating between 
8+ and 8- in this scheme, all of the 
following are recommended as excel- 
lent pieces of equipment: Neumann 
U87, AKG C34, Neumann SM69fet 
and SM69 tube, AKG C414EB, Neu- 
mann KM84 and KM86, AKG C460B, 
Milab XY -82, LC -25, and DC -96B, and 

DERIVATION OF AMBISONIC SURROUND -SOUND PLAYBACK FROM 

B- FORMAT SIGNALS AND FIRST -ORDER MICROPHONE CHARACTERISTICS 

1. FULL THREE -DIMENSIONAL AMBISONIC SURROUND SOUND 

FOUR HYPERCARDIOIDS FOUR CARDIOIOS 

THESE 

POLAR PATENTS ARE 

ACTUALLY 
COINCIDENT 

l+ mix in phase) 
(- mix 180") 

TWO- CHANNEL X -Y (1 ILFI: W +' A + ' :Y ' _W + .X TWO- CHANNEL X -Y 

STEREO. t 2 (RF): W + ' A - i Y W + :X - Y 1 STEREO 

TWO CARDIOIDS 3 (LR): W - ' .X + 
, 

:Y _W - ' _X + Y TWO HYPERCARDIODS 
4(RR):W- ,X -.,Y 

' W -'.X - Y 

FOUR BIDIRECTIONAL 
(FIGURES -OF- EIGHT) 

z ç Y 

ALL Xs AND Ys 

-6 dB 

THESE 

POLAR PATENTS ARE 

ACTUALLY 
COINCIDENT 

ALL Ws AND Xs 

-6 dB 

W (OMNI) NOT 

REQUIRED, 

LEVELS ALL EQUAL 

1 ILFI: + X + Y 1 TWO- CHANNEL 
FOUR- CHANNEL 2 (RF): + X - Y 1 BLUMLEIN X - Y 

"EXTENDED- 3 ILRI: - X + Y STEREO 

BLUMLEIN 4 (RR): - X - Y 

(NOW WE KNOW WHY 
X IS FRONT /REAR and 

Y IS LEFT /RIGHT) 

2. X -Y CARDIOD TWO- CHANNEL STEREO EQUIVALENT L: W 

TO STEREO OUTPUT OF CALREC SOUNDFIELD CONTROL UNIT R: W + _X - ' _Y 

3. X - Y HYPERCARDIOID TWO- CHANNEL STEREO L: ' _W + _X + Y 

EQUIVALENT TO M (CARDIOIDIS (FIGURE -OF- EIGHT) AFTER MATRIX R: _W + X - Y 

4. X - Y BLUMLEIN (FIGURE OF EIGHT) TWO- CHANNEL STEREO L: X + Y 

R: X - Y 

SOUNDFIELD X.Y.Z 1 , SOUNDFIELD W 

BRAUNMUHL 
AND 

WEBER 

OMNI BIDIRECTIONAL = CARDIOIO 

W 

h 
Cn 

ó 

NOT 

EXACTLY 
TO SCALE 



MODE 
SF MAR 

. 

.A on mu an 
B à 1 S 

AB 

f3 
2 3 4 5 

Samson's "Phase- Reflex" technology 
solves wireless biggest problem. 

FREQUENCY /MHz 

GOWN UP 
v TUNING AL 

_'m. 111111 

AI IEVEL/dB 
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PR -50 BROADCAST SERIES 

The total freedom of movement promised by 
wireless mic and instrument systems is a very 
attractive option for most modern musicians and 
singers. Unfortunately, the stratospheric prices of 
the more "professional" systems exceed their abil- 
ity to eliminate problems like drift, interference and 
dropouts -so many of the most adventurous per- 
formers have gone back to messy cabling. 

Samson's Broadcast Series "Phase -Reflex" Wire- 
less System finally solves the big problem of drop- 
outs, and other types of interference, by incorpo- 
rating the most sophisticated wireless technology 
available into a versatile and surprisingly cost - 
effective package. 

We've combined the most refined "true diversity" 
receiving system operating at a Hi -Band VHF /FM 
frequency range to insure full -fidelity wireless perform- 
ance with no unexpected interruptions or surprises. 

The system consists of a full-frequency response 
microphone (with a choice of the Shure SM58 Dy- 
namic or SM85 Condenser capsule) or "belt - 
pack" instrument /lavalier transmitter and Sam- 
son's PR -50 30 Channel FM Digital Receiver. These 
elements working together result in a frequency 
response of 20 Hz to 18 kHz, extremely low 

harmonic distortion 
and excellent signal - 
to -noise specs for the strongest, most uncolored 
and "natural" sound possible. The system's range 
is a full 300 ft. under the most adverse conditions 
and 1500 ft. line of sight. 

To offer greater performance, the Samson PR -50 
receiver features an exclusive three -parameter 
"Auto- Mute" (patent pending) function to mute 
off -station noise when the mic is off; a streamlined 
and compact 19" rack -mountable housing and 
balanced line outs and a line level out for recorc- 
ing and mixing. Samson's HT -20 microphone 
transmitter uses a standard 9V battery and has no 
protruding antenna to get in your way. 

And when it comes to the bottom line, Samson's 
Broadcast Series System is priced at S1,295 U.S. 
(w /Shure SM58 mic cartridge), $2,000 less than 
our closest performing competitor. In fact, com- 
petitive units at twice the price don't offer all of 
these features. We've created the system that 
solves your biggest problems with wireless. The 
Samson Broadcast Series "Phase- Reflex" Wireless 
System is the first real step towards experiencing 
the ultimatè freedom of wireless. 

SAMSON 
WE TOOK THE WORRY OUT OF WIRELESS. 

Samson Music Products, 
124 Fulton Avenue, Hempstead, New York 1155 

516- 489 -2203 TLX 510 222 1630 For additional information circle a55 

In Canada Omnimedia Corporation, Ltd , 

9653 Cote de Liesse, Dorval, Québec H9P 1A3 

514 -636 -9971 
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Close -up detail of various microphones utilized in the second evaluation session, May 9, 
1984 (left), and the third evaluation session, June 13,1984 (right). Annotated drawings of the 

mike arrays can be found on pages 100 and 102 of the December 1984 issue. 

MICROPHONE 
ASSESSMENTS 

the Neumann U47 tube. 
With the exception of the SM69 tube 

model, all of the Neumanns were dis- 
cussed in the previous article. Since 
Carol Meyer's voice could not have 
overdriven the electronics in either of 
the SM69 versions, I doubt if anyone 
would have been able to distinguish 
between the two; I know that I could 
not. According to Gotham's Russell 
Hamm, writing in a JAES article, 

"The basic cause of the difference in 
tube and transistor sound is the 
weighting of the harmonic distortion 
components in the amplifier's over- 
load region. "27 Under the conditions 
of these experiments, we essentially 
could hear "through" the very trans- 
parent electronics of either SM69 sys- 
tem - tube or transistor - back to the 
properties of the capsules themselves 
as they behaved in the reverberant 
environment of the concert hall. The 
transducer design of both SM69 sys- 
tems results in a "condenser sound," 

Your Recordings Can Only Sound as Good 
as the Cables Used to Record Them 

Introducing Prolink High Performance 
Studio Cables by Monster Cable. 

Many people in the record - 
ing business used to think 
that cables were just cables. 
And in fact, many of us 
still do. 

A Sound of their Own. 
llany engineers have found 
that the Opposite is true. 
They are discovering that 
ordinary cables have "a 
sound of their own" and 
distort music recording 
and reproduction in ways 
that we were never even 
aware of. Crit ical areas 
such as clarity, depth of 
bass response. quickness 

of transients, and the "nat- 
uralness" and "presence" 
of voices and instruments, 
are all lost through conven- 
tional cables. 

A Monster New Tech- 
nology in Cable Design. 
Monster Cable has shown 
music lislrncrs worldwide 
that the sound of their play- 
back systems could be sig- 
nificantly improved simply 
by changing their cables to 
the Monster. Now you can 
obtain an improvement in 
the sound of both recording 
and playback that will sur- 

prise the most critical and 
skeptical of engineers, sim- 
ply by switching from your 
current connecting cables 
to Prolink by MonsterCable. 

Come Hear the 
Monster. 
We invite you to hear our 
entire line of microphone, 
speaker, and studio hookup 
cables. Put them through 
your most critical listening 
and durability testing. 
You'll discover just how 
good your recordings can 
really sound. 

R -e /p 82 February 1985 

For your fr.r In+nhurr plea', r:dl a 
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with characteristic emphasis in the 8 
to 10 kHz portion of the spectrum. I 
repeat my admonition to Neumann to 
start building "SM89" stereo micro- 
phones using the TLM170 /U89 
capsules. 

The AKG C34 is a very impressive 
microphone. While possessing "crisp- 
ness," its tendency toward high - 
frequency emphasis is well under con- 
trol. In fact, all of the AKG models in 
the second experiment appear to have 
undergone something of a metamor- 
phosis in comparison to previous gen- 
erations of AKGs, known for their 
brightness. The C414EB and C460B 
have only a slight high- frequency 
emphasis; both have audibly quieter 
electronics than the C450 Series. Cur- 
rent pricing of the AKG line is quite 
competitive; serious potential pur- 
chasers take note. 

The three Swedish Milab micro- 
phones all made a very positive 
impression. Like Volvos and Saabs, 
they are just designed "differently" 
from average, everyday products and 
accordingly, they may be able to 
establish a loyal following. Each of 
the three is somewhat brighter than a 
TLM170; the LC -25 is characterized 
by slightly more upper midrange 
emphasis (3 to 8 kHz) than either the 
DC -96B or the XY -82. Milab's direct 
competitor to the TLM170, the VIP - 
50, will soon be imported into North 
America - it is a transformerless 
studio microphone with five polar 
patterns and specifications which 
would indicate a very wide dynamic 
range. I look forward to the opportun- 
ity to compare the VIP -50 and the 
TLM170 to each other. 

The Neumann U47 tube micro- 
phone (see previous article) is in a 
special category all of its own, and 
deserves to be mentioned again if for 
no other reason than to acknowledge 
its position of honor in microphone 
history. 

The foregoing group of Neumann, 



The 
M ; TER 

When it comes to record mastering, Bernie 
Grundman wrote the book. 

Over the years Bernie has cut the masters for 
many of the world's best selling albums, including 
the phenomenally successful 'Thriller' by Michael 
Jackson. What loudspeakers does Bernie rely on to 
monitor the quality of his output? 

I've mastered successfully on Tannoy for 
17 years. For my new facility I chose Tannoy 
again." 

6054 Sunset Blvd. Hollywood, California 90028 (213) 465 -6264 

Rely on o 
The Name for Loudspeakers 

Tannoy North America Incorporated, 97 Victoria Street North, Kitchener, Ontario, Canada N21- 5C1. Telephone 1519) 745 -1158. Telr" :05955328 

For additional Information circle #5E 
Fearuary 1985 R e/p 83 



Schoeps, Calrec, Bruel & Kjaer, AKG, 
and Milab microphones were a plea- 
sure to use; I considered it a privilege 
to become acquainted, or re- acquaint- 
ed, with them all. Each one can make 
a significant contribution to the art 
and science of recording when used in 
a manner that is in accordance with 
its design criteria. 

The Neumann KMF4 achieves a 7 
in this ranking. Granting that it was 
introduced primarily to fill the need 
for a concealable, miniature cardioid 
unit, it lacks the low- frequency per- 
formance of the more impressive stu- 
dio microphones; it simply did not do 
justice to the lower registers of the 
Steinway Model D grand piano. 

For different reasons, the Calrec 
CM2050C and Crown PZM-31S each 
receive a 6 -. The CM2050C empha- 
sizes the upper mid -range portion of 
the spectrum more than the other stu- 
dio models under discussion. It also 
exhibits a bit of "roughness" in this 
region (2 to 10 kHz), detracting some- 
what from the enjoyment of the vocal 
quality and the piano sound. PZMs 
have many useful applications, espe- 
cially those associated with conceal- 
ment when used on a surface, but 
floor -position stereo recording of a 
vocalist with piano accompaniment 
is not one of them. Unless the engi- 
neer is willing to go to the trouble of 
dealing with large movable boundary 
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What Happens When 
A Handful of Hot Pro 

Audio People 
Get Together? 

They acquire a company that for 
years had pioneered major 
developments in the electronic signal 
processing industry. 

They combine their knowledge and 
experience and use their expertise in 

engineering, marketing and 
manufacturing. 

They select the best products and 
make them even better. 

They develop a company that's on 
target with prompt products for 
today's professional audio needs. 

A commitment to quality, reliability 
and affordability in high technology 
without compromise. 

Applied Research & Technology Inc. 
215 Tremont Street 
Rochester. New Yak 14608 
(716) 436.2720 

191 01A DIGITAL REVERB 

190 1500 DIGITAL DELAY 

172 1/3 OCTAVE EQUALIZER 

171 DUAL 2/3 OCTAVE EQUALIZER 

PRO PITCH TRANSPOSER PACKAGE 
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constructions, PZMs are unlikely to 
be chosen for stereo use over pairs of 
studio microphones or MS /XY stereo 
models. Furthermore, the sonic prop- 
erties of the PZM -31S units, while cer- 
tainly acceptable, have a bit of "edge" 
in the sound that becomes evident 
when they are directly compared to 
the finer studio microphones already 
mentioned. 

Others rating a 6 or 6- are the AKG 
C452EB and Shure SM81, followed by 
the Electro -Voice RE15 (5 -), Sen- 
nheiser MKH405 (3), and RCA 77 -DX 
(3 -); all have been discussed in the 
previous article. However, the 77 -DX, 
like the U47 tube, deserves special 
mention because of its long and 
honorable career in the audio industry. 

* *s 

This personal form of evaluation 
has involved opinions: mine, and 
those of about 50 other collaborators. 
Some previously held views were rein- 
forced, and certain prejudices were 
dispelled. If opinions can be changed 
through direct, tangible forms of 
experience, then one can learn in the 
process. These actual, practical record- 
ing sessions gave those of us involved 
a chance to develop educated opinions 
about selecting microphones, even if 
the application is limited to recording 
a soprano with piano accompani- 
ment, in stereo, in a reverberant 
environment. 

We did learn something: about mic- 
rophones - and significantly, about 
our own recording capabilities. 

Notes and References 
Fora listing of references #1 through 
#20, see the December 1984 issue of 
R -e/ p. 

21. For additional information about 
stereo correlation meters, see John Eargle, 
Sound Recording, 2nd ed., pages 70 -73. 
New York, Van Nostrand Reinhold, 1980. 

22. " ... we note that the general agree- 
ment of the audience to distinguish the 
lack of intimacy of the MS system and to 
select the ORTF system as a best overall 
compromise is surprisingly high." Ceoen, 
op. cit., page 26. 

23. It should be noted that Soundfield 
recordings - representing a logical exten- 
sion of MS sum -and -difference matrixing 
techniques - also mix correctly to mono 
with no objectionable "center buildup" 
effects. 

24. See Lamm and Lehmann, op. cit. 
Unfortunately, time constraints prevented 
the loan of Mike Lamm's L2 MicArray for 
use with the PZMs in this experiment. 

25. Telephone conversations, April 2 & 3, 
1984, Henning Moller and the author. 

26. Bruce Bartlett, note to the author, 
June 7, 1984. 

27. Russell O. Hamm, "Tubes vs. tran- 
sistors - is there an audible difference ?" 
Journal of the Audio Engineering Society, 
Vol. 21, No. 4 (May 1973), page 272. 



CM4400 
DIGITAL ROUTING SYSTEM 

Announcing the Soundtracs CM4400 mixer. 

From today ccnventicnal mixers with analogue 
switching are redundant! 

With pre -programmed muting, trip facility and 
external synchronisation to time codes the 
applications in recording, broadcast, theatre, video 
production and television are endless. (The 
CM4400 is also very very quiet with no discernible 
digital noise!) 

THE CM4400 BY 

affordable quality 

Fl 1 

i 

in terms of most performance parameters the 
complete unit is excellent and there is 

little adverse comment -". 
Hugh Ford Studio Sound Review, November 1984 

Dealer gist and brochure from: MCI Music Inc. 745 One Hundred and Ninth Street, Arington, Texas, 7601 1 Tel (81 7. 469 1600 

In Canada: Omni Media Corporation Ltd 9653 Cbte de Liesse, Dorval, Québec H9P 1A3 )514) 636 9971 

For additional Information circle #60 



AFTER THE MIX 

by Bernie Grundman, with Denis Degher 

ossibly one of of the most diffi- 
cult procedures to fathom in 
modern recording is what 

happens in the disk mastering suite, 
and beyond. Since many knowledge- 
able producers and engineers do not 
fully understand the disk cutting pro- 
cess, they take their mixes to a trusted 
mastering engineer, more or less hop- 
ing that it transfers well to this differ- 
ent medium, and that their work can 
even be enhanced by the engineer's 
skill. No longer are we dealing strictly 
with magnetic waveforms or digitized 
bytes on tape, but with an electro- 
mechanical process; a process in 
which pure electronic energy must be 
converted into electro- mechanical 
energy. 

A good disk cutting engineer can be 
extremely valuable to the producer or 
mixer, because he is capable of offer- 
ing and objective ear on a project to 
which the producer may have become 
too close. A mastering engineer, by 
the nature of his work, is involved in 
many different projects within a short 
period of time. The better cutting 
engineers have the possibility for 
developing true objectivity regarding 
any particular poject. He has access 
to the newest sounds, the latest 
trends, and a practical overview of the 
state -of- the -art in production tech- 
niques. This background and exper- 
ience naturally provide a benchmark 
for the cutting engineer to use when 
he hears a tape for the first time. 
R -e /p 86 0 February 1985 

When a master is first played for him 
the mastering engineer and producer 
or mixer can make various judgments 
about the recorded material in light of 
what they feel will enhance the pro- 
duct and bring it to its full potential. 

Is the disk mastering process as 
completely incomprehensible as many 
experienced industry people perceive 
it? Not necessarily - the basic 
mechanics of a modern album are 
based on a very simple principle. Pic- 
ture it this way: The cutting head 
mounted on a disk cutting lathe is 
basically two miniature speakers, 
with a chisel- shaped stylus connected 
to the coils instead of a loudspeaker 
cone. When cutting a disk, we are 
reproducing in miniature the precise 
movement that the replay speaker 
will duplicate in a larger way. For 
example, if we have X Hertz on the 
disk in a particular part of the pro- 
gram materrial, X Hertz will then be 
transferred to the speaker cone, and 
that sound will be transferred into 
pure acoustic energy in the form of 
sound waves into the atmosphere. 

Although the tenets are basically 
simple, designing a high -quality ste- 
reo cutting system with a wide fre- 
quency response and low distortion 
can be very difficult. 

Transfer Losses 
The transfer of taped program 

material to analog disk can have a 
dramatic effect on the final outcome 

of the product. The philosophy and 
problem -solving ability of the master- 
ing engineer can either perpetuate the 
ebullience of the mixdown sessions, or 
generate newfound anxiety. During 
the first mastering session, a refer- 
ence disk should be cut that the client 
can take to several familiar listening 
environments for evaluation. In this 
way it is possible to determine how 
the material transfers to lacquer, and 
how certain inherent characteristics 
and /or losses affect the project. 

The physical process of disk cutting 
will introduce certain inherent losses 
that are intrinsic to the medium. 
Number one is a generational loss, 
and number two the loss of high - 
frequency content as the diameter 
decreases towards the center of the 
record. Even though all parts of the 
record are traveling at the same 
number of revolutions per minute, 
because of the reduced "writing veloc- 
ity" at smaller diameters, there will be 
a loss of high- frequency material 
above approximately 10 kHz. The 
third major loss is an increase in dis- 
tortion as the circumference decreases 
towards the inner grooves. Because 
the same amount of information in 
the groove must be packed into an 
ever -decreasing diameter, there will 
be greater signal density than in a 
comparable area at the outside of the 
record. Finally, there will be a loss of 
stereo separation, particularly above 

... continued overleaf - 



JVC Digital Audio. 
The artist's editing system. 
Digital audio editing lakes on new speed simpli: 'j,.anc flexi- 
bility with JVCs 900 Mastering System. Anyone wit-i a tamed 
ear can learn to operate it in minutes and be assured of pro- 
fessional results of outstanding fidelity, accuracy, aid clarity. 
And while sonic excellence is surely the 900's rmost persua- 

VP -900 Digital Audio Processor. 
Two- channel oclse count mode 
processor Seeral 16 -bit micro- 
processors rrsake it compatible 
wit other prole.ssione production 
equpment suci as cutting lathes, 
synchron zers, and encoders. 
Dyramic rance cf more than 90 
dB. Frequency response from D 

to20,000Hz(t 0.5dB), and low 
recording bit rate of 3.087 Mbits's 
at 44.1 kHz. Transformer -less ana- 
log I O circuit:. further mprove 
sound quality, and the analog -to- 
digita , digital -to- analog converter 
reduces cisto lion to less Than 
0.02 per ent, while an emphasis 
circuit improves signal -to -noise 
ratio. Logic circuit uses CMOS SI 
chips tor high eIiability compact- 
ness, light weg-it (48.6lbs 
and low power consumption 

sive feature, flexibility runs acicse secoid; for not only w II the 
900 operate wit -i t, 1 VCR's, but with VHS cassettes, too, with 
tota safety and confidence, making it idieal for mastering digi- 
tal audio discs and the increasingly popular hi -fi video discs. 

The DAS -900 consists of four principal components. 

III e 

MEW 

Audio Editor Control Unit. 
E ectronic governor for rooting, 
coordinating and executing all 
edit functions, both automatic and 
manual. All commands, from digi- 
tal dubbing of original to master 
for continuoLs p-ograms, to 
repetitive point -b -point manual 
cueing are regulated here. 

1111T11111 No 

O 
TC -900v Time Code Un t. 
Actually two time code urits in 
one, this unit reads and generates 
SMPTE standard time code and 
synchronizes the JVC exclusive 
BP (bi- parity ) time code. Thus, the 
DAS -900 will operate effectively 
with both time codes, a necessity 
wher the System is to be syn- 
chronized with video equipment. 

AE -900V Digital Audio Editor. Simplicity itself to operate. this little 
number puts editing right in the hands of the artist, if need oe. 
Precise to within mic-osecond accuracy, edit search can be carried 
out by manual cueing automatic scan, or direct address t w II 

confirm cut -in, cut -out points irdlependently by recalling signals 
stored in memory Digital fade control for adjusting rel alive levels 

between original and master tape. Shift function for changing edit 
poin-sbackward or forward in 2 -ms steps for super -fine adjust- 
ment. And variable- gradient cross -fading function for smooth 
conta-i pity at the edit point, variable in C, 10, 20, and 40 microsecond 
steps. Auto tape locate functior enables the user to locate the 
Desired address on the original tape, automatically. 

.1VC 
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For a demonstration o tle 
DAS -900 Digital Audio 
System.a Spec Sheet, or 
JVC s complete catalogue, 
call, toll -tree 

1 -800 -JVC -5825 

.1VC LOMI'AfJY OF AM _ I tILA, 
Prdessl)nal Vu4;r) 
Cc mrnunx;all ms Divisor; 
41 Slater Drive, 
9mweHxl Park, t'l. J 0740 

611141',. 41. f.anywry nl Aru n, l 
For additional 1 ilormMlen circle 061 
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Let Telex Bankroll 
You to a Tape 

Duplicating system 
For only $268.50' a month you can 

own a basic Telex 6120 system, without 
interest or finance charges. 

As you may know, the Telex 6120 is considered to be the most advanced 
and reliable in -cassette tape duplicating system on the market. To make 

this system affordable, we have a special, time limited offer to non- 
profit and commercial organizations. So even if your budget is small, 

or your funding is limited or you rely on donations. you probably 
qualify to buy a state -of- the -art Telex tape duplicating equipment now. 

Here is how it works. You select the 6120 system of your choice. Make 
a 10% downpayment and pay the balance in up to 12 months, without 
interest or finance charges. For example. the downpayment for a basic 

monaural cassette -to- cassette duplicating system is $358.00 with a monthly 
payment of $268.50. If you duplicate tapes as a commercial service, you'll 

pay for the system with just a few hours of operation. If you're non -profit 
and send out for your duplicating, you can do it 

yourself and save more than enough to buy the 
equipment. Either way, within a year you'll own 

the system outright. 
Of course, you can select system configurations 

for reel -to- cassette or reel -to -reel duplicating. 
Mono or stereo systems are available, And 

because the Telex 6120 is based on the 
building block principle, you can expand a 

basic system when needed. 
This special offer is based on 

two conditions: 
Your purchase is subject to credit 
approval by a participating dealer. 

2. This offer expires 
December 31, 1984. 

Please contact us now. 
We'll send you complete 

technical information about the system. You'll 
get the names of participating dealers. We'll include 

our price list. We'll even provide you with a chart that lets you 
determine how quickly a basic system can pay for itself. 

Remember, Minimal Investment up front 
Pay as you go for up to 12 months No interest or 

finance charge This offer expires December 31, 1984 
must act now. Write to Audio Visual Department, Telex Communications, 

One of many figurations available for 
cassette -to -cas ite..eel -to- cassette, reel -to -reel 
duplicating. 

You 
Inc., 9600 Aldrich Avenue So., Minneapolis, MN 55420 U.S.A. or call us toll 

free during business hours at 800 -828 -6107. In Minnesota call 612 -887 -5531. 

-Payments are based on the suggested list price of 
$3580 00 for a basic monaural cassette -to- cassette 
high speed series 6120 tape duplicating system with a 
10% downpayment of $358.00. and 12 monthly 
payments of $268 50 Offer available only through 
participating dealers and does not include state or 
local taxes. Offer expires December 31. 1984 

TELEX. 
TELEX COMMUNICATIONS, INC. 

For additional information circle #62 
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TYPICAL GROOVE APPEARANCE ON LP RECORDS 
KEY: A = Out -of -phase low- frequency material; B = Two examples of high- frequency material; C - In -phase 
mid -frequency material; D = In -phase low- frequency.material; E = No signal; F = Out -of -phase mid -frequency 
material; G = Low -level signal; H - Ultra -low- frequency material; I = Typical complex groove with program 
material. 
The figure reproduced above was taken, with permission, from Basic Disc Mastering, by Larry Boden, and 
published by Swordsman Press, Inc., Woodland Hills, CA. Photography by Dave Hernandez. 

DISK MASTERING: 
THE MISUNDERSTOOD LINK 

15 kHz. 
Any inherent losses or weaknesses 

transferred to the cutting lacquer will 
be magnified during the actual press- 
ing process, and several others will be 
added. Transient losses caused by the 
manufacturing stage result in reduced 
high -end attack on most instruments, 
manifesting itself as a lack of clarity. 
Another disturbing and little - 
understood phenomenon is the loss of 
echoes and/or ambience, a general 
shrinkage of sound, and the introduc- 
tion of boundaries to the sound. 
Again, this latter effect can be attrib- 
uted partially to a loss of transients 
causing reduced definition. 

Another reason for this loss is the 
inability of the playback stylus to re- 
produce some of the finer delineations 
in the groove. As can be seen from the 
accompanying photographs, higher 
frequencies are represented by finer 
groove excursions, while the lower 
frequencies, having a longer wave- 
length, are manifested by larger 
sweeping excursions. 

Lastly, an increase in noise caused 
by vinyl composition and assorted 

other reasons can take place during 
the manufacturing process. (The 
causes for manufacturing degrada- 
tion will he examined later.) 

Role of the Cutting Engineer 
The mastering engineer's philos- 

ophy can play a vital part in the prep- 
aration of the final product. As with 
the selection of the recording engineer 
for a particular project, a concerted 
effort should be made to define audio 
terms so that technical adjustments 
can he made to realize the client's 
aural goals. It is not always easy for a 
mastering engineer to know what the 
producer or artist is looking for, 
because the client usually has an aes- 
thetic idea about how he (or she) 
wants the record to come across to the 
listener. Music can be examined in 
two ways: technically, and subjec- 
tively or aesthetically. If a mastering 
engineer is unfamiliar with the artist 
or project, he will usually strive for 
technical perfection from the purist's 
point of view - that is, to make the 
record as clean, clear, and "large" as 
possible. By doing so, however, the 
chosen approach might adversely 
affect the client's aural interpretation 
of how the final product should sound. 
As a result, the mastering engineer 

will have to back -track and go for the 
more "subjective" sound, although 
this orientation might go against the 
grain from a technical point of view. 

Perhaps the client wants the disk to 
sound very "hot," a decision which in 
itself will introduce a certain amount 
of distortion. Maybe this is what the 
client is looking for -a hotter, more 
aggressive sound - and distortion 
per se is not necessarily bad. To some 
people, distortion can be a desired 
sound, and fill a certain psycho - 
acoustic need. Increasing the level 
can also give the record a more corn- 
pressed or processed sound, akin to 
electronic limiting or compression. 
Certain instruments and voices lend 
themselves very well to signal pro- 
cessing, and there is certainly room in 
the marketplace for a wide variety of 
different kinds of sounds. 

Since the disk -mastering suite is the 
last controlled link in the recording 
chain, it is the cutting engineer's 
ultimate challenge to try and realize 
the final degree of sound that the 
client is striving for to fulfill his or her 
artistic statement. 

Preparation for the 
Mastering Process 

Certain positive and definitive steps 
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should be taken before a producer or 
engineer enters a cutting studio. Mas- 
ter two -track alignment tones for the 
entire album project are imperative, 
and particularly important when 
moving from one remix studio to 
another. Another very important fac- 
tor when moving between studios is 
correct azimuth adjustment. If cer- 
tain tracks are mixed at a different 
studio and the azimuth is not checked, 
it is impossible for the mastering 
engineer to optimize the sound of 
those tracks using azimuth tones 
aligned to another facility. So long as 
we're assured of having accurate 
tones and azimuth settings, the main 
difference in subjective sound from 
studio to mastering suite can be 
attributed to the control -room 
monitoring. 

Problems can also arise when var- 
ious producers and engineers are 
working on a project. Since there can 
be many variations of format, record- 
ing level, tape speed, and noise - 
reduction alignment, whenever pos- 
sible these factors should be agreed 
upon in advance. Otherwise it may 
become necessary to transfer the 
entire project down one generation, so 
that the album sides can be cut 
continuously. 

Certain negative factors should be 
avoided before the mastering stage. 

The custom -designed disk mastering console at Bernie Grundman Mastering is built 
entirely from discrete components. Tape replay is from a rebuilt Scully deck; play- 

back from Sony PCM -1610 and Mitsubishi X -80 two -track is also available. 

One of the greatest causes of an other- 
wise good sounding tape transferring 
to disk badly is the problem of sib- 
ilance. Certain sounds - including 
"esses" - contain a very intense, 
short burst of energy; the more top 
end that is added to a vocal track, the 
more pronounced this phenomenon 
becomes. Since recording tape can 
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COMPLETE ANALOGUE & DIGITAL MASTERING SERVICES 

FOR COMPACT DISC, RECORD & CASSETTE MANUFACTURING 
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handle an "S" sound better than 
vinyl, it may not be apparent in the 
recording studio. The problem of sib- 
ilance is a function of the replay sty- 
lus, not the inability of the lathe to cut 
the sound. 

De- essing or sibilance correction 
should be performed during the mix - 
down session, and applied to the spe- 
cific tracks requiring it. When radical 
de- essing of the composite mix is per- 
formed during the disk -mastering 
stage, it also affects all other high - 
frequency elements in the mix, and 

- the Author - 
Formerly the cutting engineer for A &M 
Records, Los Angeles, Bernie Grundman 
now heads his own mastering facility based 
in Hollywood. His numerous credits include 
Michael Jackson's Thriller, Prince's Purple 
Rain, The Jacksons' Victory, Steely Dan's 
Aja, Supertramp's Breakfast in America, 
Herb Alpert's Rise, Donna Summer's She 
Works Hard for the Money, and the majority 
of Windham Hill releases. 



IID1F YOU HAVEN'T 
HEARD IT YET...WHYNOT? 

is engineered and market tested: 
ten years in development. 

is patented technology: forty -two 
claims applied for, forty -two claims granted. 

applications: dramatically improves 
sound quality in recording studios, motion picture production, 
live concerts, TV and radio broadcasting, motion picture 
theatres... anywhere amplified sound is used commercially. 
We said anywhere! 

But don't take our word for it. Take theirs. 

"I can't imagine working on another album without BBE. This is particularly true for 
digitally recorded masters where the use of equalizers tends to create more 
problems than they solve. BBE is the missing link." 

STEVE LEVINE. PRODUCER OF CULTURE CLUB, 1984 BPI PRODUCER OF THE YEAR. 

PRODUCER OF THE NEW DIGITAL BEACH BOYS ALBUM 

"We find BBE to be an extremely useful tool in the handling of problem TV and film 
production soundtracks." JOHN BONNER, CHIEF ENGINEER. GOLOWYN SOUND FACILITY 

"Everyone in broadcasting looks for the ultimate in signal clarity with as much 
definition as possible. BBE accomplishes this without compromise :' 

PAUL SAKRISON, CHIEF ENGINEER, KIK -FM 

"In my opinion, BBE is an indispensable tool in live sound reinforcement. Use of the 
device at the Pacific Amphitheatre and with tour groups proves that BBE really 
makes live amplified sound, sound live. That's what it's all about :' 

MICHAEL ADAMS, SOUND IMAGE (SOUND REINFORCEMENT CONTRACTORS) 

"Our company, which deals in theater sound installations and service, was asked to 
evaluate the BBE 202R audio processor. We were very impressed. The need for this 
product in theaters can only increase due to the public's demand for better motion 
picture sound." JAMEST WARD. THEATER SOUND CONTRACTOR 

"I'm a perfectionist not only when I play music but in the recording process as well. 
BBE makes the recording sound live and that's what I want. No more sessions 
without it :' BILL SHIELDS ALL STAR BAND, PRODUCED BY STANLEY CLARKE 

NAll the sound you've never heard. 

TM 

Barcus -Berry Electronics, Inc. 
5381 Production Drive 
Huntington Beach, CA 92649 

For additional information circle #64 

PROVE IT TO YOURSELF. 
Ask for a hands -on demonstration 
Call any authorized BBE dealer or 
sales representative shown here 
Or call us direct. 

SEAWIND SOUND CO. 
2861 Saturn St.. Suite A 
Brea. CA 92621 
714 -961 -8870 

TERRACE ENTERTAINMENT 
SYSTEMS 
PO. Box 264. 
3328 Acapulco Dr. 
Dana Point, CA 92629 
714 -496 -1305 

WESTLAKE AUDIO INC. 
7265 Santa Monica BI 
Los Angeles, CA 90046 
213 -851 -9800 
PRO -TECH MARKETING 
13031 San Antonio Dr , #211 
Norwalk, CA 90650 
213 -929 -8868 
LEO'S AUDIO AND MUSIC 
TECHNOLOGIES 
5447 Telegraph Ave. 
Oakland, CA 94609 
(415)652-/553 
SOUND IMAGE, INC. 
1945 Diamond St.. Suite A 
San Marcos. CA 92069 
619 - 744 -8460 

AUDITIES 2001 
2377 E. Mississippi Ave. 
Denver, CO80210 
303 -777 -4595 
USTENUP AUDIO /VIDEO 
999 S. Logan SI. 
Denver, CO 80209 
(303)778 -0780 
JOHN B. ANTHONY CO. 
992 High Ridge Rd. 
Stamford. CT 06905 
203- 322 -9202 
ELREP SALES CO. 
4508 Bibb BI. B -4 
Tucker, GA 30084 
404 -938 -7108 

NEW HORIZONS ELECTRONICS 
MARKETING INC. 
2211 Lakeside Dr. 
Bannockburn, IL 60015 
312 -234 -5911 

YORE COMPANY 
3564 Rolling View Dr. 
White Bear Lake. MN 55110 
(612) 770.9760 
ALLEN COHEN SALES ASSOC. 
Old Hinsdale Rd 
Ashuelot, NH 03441 
603- 239 -6284 
METROREP SALES 
57 South St 
Freehold. NJ 07728 
201-462-1221 

DARMSTEDTER ASSOC. 
41 R Oswego St 
Baldwinsville, NY 13027 
315 -638 -1261 

BOB WHITE d ASSOC. 
34325 Lakeview 
Solon. OH 44139 
216- 248 -1317 

SOUTHWEST PRO AUDIO, INC. 
1500 Summit St. 
Austin, TX 78741 
512 -443 -4567 

SOUTHWEST PRO AUDIO, INC. 
3341 Towerwood, #205 
Dallas. TX 75234 
214 -243 -4477 
NORTHSHORE MARKETING INC. 
11000 Lake City Way N.E. 
Seattle. WA 98125 
206- 364 -5444 

Inquiries orders will be 
handled on a first come. 
first served basis. 

TOLL FREE NUMBER 

1- 800 -854 -6481 
In California, Hawaii, ano 
Alaska, call (714)898-921? 
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can create a drop -out effect or pump- 
ing sound that can have an overall 
negative impact on the final product. 
Phase used to be a problematic factor 
in the past, but has been eradicated 
almost completely through the use of 
new computerized cutting systems 
that allow the lathe to cut even 
grossly out -of -phase material. 

Manufacturing Degradations 
Because of the mass -production 

techniques used to manufacture a 
modern album, there is great room for 
quality variation. After the master 
lacquer has been cut, the album goes 
through four more generations before 
an album arrive in the record store. 
From the master lacquer, a reverse 
"metal master" is made, followed by a 
metal "mother" and a metal 
"stamper" from which the vinyl is 
pressed. After the master lacquer has 
been cut, each step of the process 
requires a reverse image of the step 
before it, until the final stamper that 
is the image of the master lacquer. 
With so many generations involved, it 
is pretty easy to see why the final pro- 
duct may not sound quite as good as 
the master two -track tape. 

Other variables in the manufactur- 
ing process can also add subtle 
changes to the final record, including 
too many mothers being taken from 
the metal master; too many stampers 
off the mother; and too many records 
off the stamper. Because of these lim- 
itations in the manufacturing pro- 
cess, it becomes necessary to re- 
master after approximately 75,000 
records sold. (You can imagine how 
many master lacquers were cut for 
Michael Jackson's Thriller album.) 

One of the two tandem Scully lathes, refitted with phase -locked motors, Sontec 
Compudisk computer control, and customized cutter -head suspension. The 

cutting head combines a Haeco magnet assembly with Westrex drive coils. 

There are other variations that can 
occur in manufacturing; some press- 
ing plants just seem to sound better 
than their corporate counterparts. 
Variations in the vinyl blend also can 
have its effect. Is the record company 
still sending the master tape for mas- 
tering, or are they sending a degraded 
tape copy? All these factors can enter 
into the mass production of the mod- 
ern analog album, and can create 
quality control problems during var- 
ious stages of a record's lifespan. 

State -of- the -Art Disk Mastering 
There is a great deal of variation 

beween one disk -cutting system and 

COMPACT DISC MASTERING 
Today, many disk mastering studios are becoming involved in the production of submas- 

ters for cassette duplication and Compact Disc release. Oftentimes the submasters now 
being employed for cassette duplication are digital tape copies, to help reduce the inherent 
noise in audio cassettes. For the most part cassette duplication submasters are straight- 
forward copies of the master tape used for album manufacturing, with little EQ or level 
change. Submasters for Compact Disc manufacturing, on the other hand, must be dealt 
with differently, since they have special requirements. 

The CD submaster must be made with continuous program and uninterrupted SMPTE 
timecode, with at least two minutes of timecode before and after the pi ogram material. The 
majority of CD manufacturing plants specify that the CD submaster should be Sony 
PCM- 1610/U -Matit format, although certain plants will accept Mitsubishi X -80 and/or JVC 
VP -900 formats. Program level must be between +18 and +20 dB, approaching the head- 
room limitations of the PCM processor. Reference tones are not necessary because 
production of the CD submasters involves a digital -to- digital transfer. 

Since off -tape monitoring normally cannot be performed during the re-recording stage, 
the CD submaster must later be scrutinized for drop -outs or any other sounds that could 
be misinterpreted as part of the original music source. If any sounds or noise of this nature 
are detected, they must be documented on a comment sheet, so ti.at the CD manufactur- 
ing plant is aware of it and production can proceed as planned. 

Each song selection must be timed individually, and the start and end time documented 
accurately. When the digital master reaches the CD plant, the access points will be entered 
into the PQ Subcode CODER, which automatically encodes the timings at the beginning of 
the CD side before the start of the program material. This PQ Subcode data enables a CD 
player to instantaneously locate sons selections pn command. OCIO 
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another. While there may not be much 
room for "hot -rodding" tape ma- 
chines, the same cannot be said for 
the cutting system. State -of -the -art, 
computer -assisted lathes make it pos- 
sible to cut disks that are virtually too 
hot to play back on any home system. 
Once the depth and width of groove 
are programmed into the computer, 
the lathe will usually maintain these 
parameters regardless of level, al- 
though sometimes at the expense of 
replay time per side. In this respect, 
today's cutting systems have far out- 
stripped the systems of yesterday. If 
all steps are done correctly, many 
would argue that the analog disk still 
represents the highest quality audio 
available to the consumer. 

Compact Disc: 
The Wave of the Future 

While the Compact Disc is certainly 
garnering a great deal of attention, is 
it really better than the analog disk? 
We've all heard about the poor quality 
of digital tapes that have been sent to 
the CI) mastering facilities. However, 
Grundman Mastering has cut analog 
albums from the same digital two - 
track that was later digitally copied 
and sent to the Compact Disc plant 
for mastering and production. To our 
surprise, quality- oriented experts at 
the label were decidedly in favor of the 
album's quality over that of the CD. It 
has taken the mastering industry 
many years to define and remedy the 
problems of the analog disk, and we 
are only in the infancy of the Compact 
Disc. 

Many questions remain unanswer- 
ed with the CD, as well as with digital 
in general. According to the manufac- 

... continued 



turers, there can be no loss in digital - 
to- digital transfers, but several ex- 
perts have testified that this is not the 
case, and that there can be a definite 
generation loss during D -to -D trans- 
fers. Whether or not there is a quality 
loss during the transfer from digital 
copy to glass master at the CD plant 
remains an unanswered question. 
And, assuming that the PCM digital 
signal has made it onto the CD, is a 
relatively inexpensive consumer 
playback system capable of retriev- 
ing the information? These questions 
will have to be answered if the CD is to 
be named champion in the ensuing 
battle for aural supremacy. 

While all the facts are not in regard- 
ing the question of audio quality, the 
Compact Disc does offer some distinct 
advantages over the analog disk. The 
CD is quiet; it does not wear out; it 
provides continuous music for up to 60 
minutes; players can be automated; 
CDs are of consistent quality through- 
out the entire manufacturing process. 
With digital you are more or less deal- 
ing with a known commodity; good or 
bad, the digital information is de- 
signed to stay the same from plant to 
manufacturing plant. Sound changes 
or losses are immediate - you either 
notice it or not. With analog, however, 
there is great potential for manufac- 
turing inconsistencies. 

Who will be the winner of this high 
stakes competition? For sure, the 
manufacturer will be a winner because 
the Compact Disc is a marketing per- 
son's dream. Imagine every owner of 
a standard turntable forsaking the 
old medium, purchasing a Compact 
Disc player, and then rebuilding their 
record library with CDs. The chances 
are that the consumer will also be a 
winner at some point in the future, 
when all the idiosyncracies of the CD 
production and reproduction systems 
are fine -tuned to their maximum. In 
the meantime, the traditional analog 
disk will remain a viable medium for 
many years to come, offering high - 
quality audio at a very affordable 
price. 

DIRECT -TO -DISK SESSION FROM 
THREE LOCKED MULTITRACKS 

At press time we heard that Bernie 
Grundman Mastering was recently 
involved in a direct -to -disk session for a 
12 -inch single release of Supertramp's 
song "Cannonball," using three synchron- 
ized 24- tracks at Ocean Way Studios. 
Having set up a mix on the GML Moving 
Fader automation system fitted to Ocean 
Way's custom console, the stereo output 
was carried via permanent tie lines to 
Grundman Mastering for the cut. Bernie 
Grundman is also setting up with Allen 
Sides, president of Ocean Way, a new 
custom label, Ora, for direct -to -disk pro- 
ductions. 

FEATURES 
Modular Plug in 

Channel Design 
48 Volt Phantom Power 
16 Track Monitoring 
(on WR 8816) 
External Power Supply 
Talkback Circuitry 
4 Aux Buss 
Smooth Long Throw 
Faders 

WR 8816 LIST $5500 SALE S2990 
16x4x16 MODULAR RECORDING MIXER 

WR 8724 LIST S7745-UNBELIEVABLE PRICE 

24x4 MODULAR MIXER 

150 PRODUCT LINES FOR THE PROFESSIONAL 
TAPE RECORDERS MIXERS AMPLIFIERS TURNTABLES SIGNAL PROCESSING 

MICS TAPE CASSETTES TEST EQUIPMENT SPEAKERS HEADPHONES INTERCOMS 

0 RILL COMPASS' SYSTEMS 

6729 SEYBOLD RD., MADISON, WI 53719 

TOLL FREE IN ALL 

50 STATES 

1 (800) 356 -5844 
IN WISCONSIN 

1 (800) 362 -5445 

LOCAL (608) 271 -1100 

Innovative engineering 
Modern. comfortable studios 

Dependable. personalized service 

LET US HELP YOU MAKE 
YOUR NEXT ONE A HIT! 

Trutone Records. 163 Terrace Street. 
Haworth. N.J. 07641 201-385 -0940 
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MUSICAL TECHNOLOGY 

AN ENGINEER'S GUIDE TO 

DRUM 
MACHINES 

by Quint B. Randle' 

The last few years have brought 
a near rainfall of electronic 
drums and drum machines to 

the recording industry. Everyone from 
Mattel to the manufacturers of more 
traditional drum kits, like Tama and 
Gretsch, have produced electronic 
drums of one form or another. Despite 
the fact that drummers at first thought 
these intimidating little machines 
were going to put them in the unem- 
ployment line, many have now become 
experts at using them to compliment 
the sound of acoustic drums. And who 
better to program a complex pattern 
into a drum machine than a drummer? 

Early on in the development of elec- 
tronic drumming, the sounds of the 
various drums were synthesized. 
Today, however, virtually every 
serious rhythm machine uses digital 
PCM technology to capture and store 
the sound of a real drum or other per- 
cussion instrument on a read -only 
memory (ROM) chip. Modern drum 
machines are, in essence, ultra - 
specalized computers capable of re- 
producing sampled drum sounds that 
additionally can be sweetened syn- 
thetically. While writers, producers 
and artists are using drum machines 
in songwriting and pre -production 
processes, many are finding such 
devices to be an integral part of the 
24 -track product. Drum machines are 
not replacing drummers, but are sav- 
ing time, hassles and money as well 
as helping to create a drum sound 
which, in many instances, is hard to 
beat. 

As the sampling and programming 
qualities of such devices improved - 
along with the ability of engineers 
and producers to manipulate them - 
it has become increasingly more diffi- 
cult to distinguish between a live 
R -e /p 94 February 1985 

drummer playing acoustic drums and 
the so- called "fake" sounds of a drum 
machine. Long gone are the days of 
the generic synthesized drum sound, 
classically recorded on Linda Ron - 
stadt's "Poor, Poor Pitiful Me," and 
many a disco tune. 

For the purposes of this series of 
articles, electronic drumming will be 
divided into two main categories: 
drum machines, and electronic drums. 
Drum machines, as previously 
explained, are computers that execute 
programmed rhythm patterns of real 
drums captured in ROM. Electronic 
drums, on the other hand, producer 
synthesized or sampled sounds in 
response to the striking of a contact 
pad. A third category can be created 
by combining categories one and two 
through the use of sequences, triggers, 
mixing and other techniques. 

Part One of this series deals specifi- 
cally with drum machines; Part Two, 
to be published in a future issue of 
R -e /p, will examine electronic drums 
and interfacing. 

While, other than sound preference, 
there are not always a whole lot of 
differences from an engineer's stand- 
point, each product has its useful and 
lacking idiosyncracies. Programming 
is a totally different ball game and 
should be left up to a talented 
drummer. While the following com- 
ments on different drums machines 
are arranged by manufacturer, most 
of the techniques discussed can be 
applied to all devices listed here. 

ROLAND TR-909 

The main difference between the 
TR -909 and its immediate predeces- 
sor, the TR -808, is that the 909 is truly 
tap programmable through the use of 

its tap buttons, and the cymbal 
sounds are digitally sampled. Patch- 
ing the unit to the console is fairly 
basic, says Frank Heller, chief 
engineer at Unique Recording in New 
York, and who recently engineered 
albums by Melba Moore, James 
Brown, Freez, and LaToya Jackson. 
His credits on the Jackson session 
also included drum programming. 

"I go right into the mixer," Heller 
explains, "I patch through direct 
boxes straight into the microphone 
inputs. There's enough signal level [- 
10 dBv] on the individual outputs to 
put them right into the mike pre - 
returns on our MCI console." 

If the situation calls for it, Heller 
says he'll use the TR -909's two stereo 
mix outputs. The problem with this 
scheme, however, is that the user is 
forced to use Roland's concept of what 
stereo should be: one tom is panned 
left, another right, with bass and 
snare drums in the middle, etc. Since 
the unit has no internal pan controls, 
you're "pretty much stuck with it," 
Heller says. 

Moving on to producing sounds 
from the unit, Heller is quick to point 
out that, invariably, it is not the engi- 
neer's job to make sound selections, 
although sometimes you can become 
producer by proxy. But, one of the 
basic things he does with the 909 is 
limiting. "If there isn't enough attack 
on the drums, EQ doesn't necessarily 
bring out snappiness in a lot of 
cases." Sometimes, he says, a fair 
amount of limiting will add a certain 
kind of "snap" to the drum. The initial 
attack passing through a limiter set to 
react relatively slowly adds more bite, 
creating a "Ppunnch" rather than a 
"B0000m." Heller either puts the 
limited signal directly to tape on the 
same track as the 909, or prints it on a 
separate track that will be mixed in 
later. In addition to basic limiting, 
Heller finds it practical to gate every 
output channel from the 909. 

While the various manufacturers 
don't always point to the clocking and 
triggering capabilities with other 
companies' products, Heller says that 
in most cases the electronics can 
communicate if the signal is gated 
correctly. "I don't think there's one 
[drum machine] on the market made 
right now that allows there's an 
incredible integrity of cross - 
communication between different 
drum machines. There are, however, 
devices from Garfield Electronics, 
various J.L. Cooper Electronics pro- 
ducts, and MARC's MX1, that address 
themselves to the particular problems 
of re- triggering." 

The 909's cymbal sounds are most 
pleasing to Heller. (It should be 
pointed, however, that the cymbal 
sounds are sampled recordings, while 
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Composition without Compromise. 
You need to finish the music today. You've got all those boxes spread out all over the 

studio. They're supposed to work together, but they don't ... Why? 
Because musical instrument manufacturers refuse to build one instrument that will do 

everything you need. Is this really the future? 
Finally, the needs of composers, arrangers, performers, producers, songwriters and 

studios are being met head -on with a product that is expandable, interfaceable 
and presents a clear vision towards the future of music composition. The Linn 9000. 

I It 
Everything you've ever Dreamed of 
in a Drum Machine 
All the sensitivity of a real drummer is here: velocity 
sensitive programming for dynamics, exacting hi -hat 
decay amounts fcr every note, programmable tempos, 
mix, and tuning for each of the 100 sequences. The 9000 
also offers 18 of the longest and highest fidelity digitally 
recorded sounds yet to date. If you need alternate sounds, 
load them in from cassette, the optional 3.5" disk drive, or 
maybe you might want to sample your own sounds using 
our optional user sampling card. User sampling, the disk 
drive, and SMPTE interlock will be available Spring 1985. 

Everything You'll ever Need in a 
MIDI keyboard controller 
The ability to compose 32 different tracks on 16 

assignable MIDI channels with all the expression and 
nuance of your performcnce is now possible. This MIDI 
sequencer integrates perfectly with the drum machine in 

the 9000 yet it's easier to use than a multi -track tape 
machine. The beauty is in the simplicity of the operating 
system; punch -in and out, auto -locate. fast forward, 
rewind, insert a part, copy another, merge them all. The 
9000 operates the way you've always wanted to - 
simply, yet without compromise. 
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"From the inventors of the Digital Drum Machine." 
For additional information circle #67 
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16 -TRACK REALITY 
Don't just dream about owning your own 16- 

track. Now you can get all that extra flexibility 
for a whole lot less than you might think. 

With models starting as low as $5900 *, each 
Fostex B -16 1/2" 16 -track recorder is complete 
with: 

Dolby + C noise reduction circuits (defeat - 
able) on individual record /reproduce cards 
rock stable 3 - motor transport mounted on 
a 1/2" machined alloy plate 
15 ips with ± 15% variable speed operation 
multi pin connector for video interlock 
synchronizers 
Killer Sound 

Why even consider a re -built old 2" machine? 
At two, three, even four times the price, it 
won't sound as good as the B -16. And it won't 
even perform as well as the B -16, configured 
with some of the options. 

For example, the model with independent tape 
monitoring is really a whole package: 

direct drive capstan motor with phase locked 
loop speed control 
7" rack mount unit with 16 independent 
channels of decode & reproduce (defeat 
switch) 
remote control unit with individual track 
select buttons, headphone jack and level 
control, line out jack and a VU meter for 
fast alignment 

You'd have to pay almost ten times the price 
of a B -16 to get this kind of dedicated monitor- 
ing function. Tape reproduce is entirely separate 
from the record /sync electronics. 

Which makes the compact B -16 perfect for 
live audio and video remotes. It even has 
handles. 

And it's as easy to use as it is to own. You can 
expect nice user -friendly touches like: 

blinking track numbers for record ready 
status 
real time tape counter with search -to -zero 
from either direction 
servo control over reel rocking in edit mode 
spot erase capability 
coarse and fine pitch controls with blinking 
LED for ON status 
optional full function remote control and 
auto locator 

Increase your audio production capability 
while decreasing your costs. You'll not only save 
on your initial investment, but operating costs as 
well - both tape and maintenance. 

Right now, the B -16 is the smart move in 
16 -track hardware. Let your Fostex Professional 
Multitrack Dealer° prove it. For real. 

Suggested retail 
+ Dolby is a registered 

trademark of Dolby Labs, 
Inc. 

° Just call us for the nearest 

one 

PROFESSIONAL MULTITRACK 

FOSTEX CORPORATION OF AMERICA 15431 Blackburn Avenue, Norwalk, CA 90650 (213) 921 -1112 
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DRUM MACHINES 
the remaining sounds are synthesized 
within the drum machine). Heller 
usually combines the best sounds of 
several different drum machines to 
create the perfect set. In such situa- 
tions, the Roland can produce a tim- 
ing discrepancy because of the unit's 
processing speed. According to Heller, 
"If you hooked up three machines 
[Roland, Linn, and Oberheim] at the 
same time, you'd find that the Roland 
would be running behind." 

To solve such lag -time problems, 
Heller's favorite gadget is the Roland 
SBX -80 Sync Box. First, he stripes the 
multitrack tape with SMPTE time - 
code and a '/4-note click for more than 
the length of the song. These two sig- 
nals are then fed into the SBX -80, 
which internally records the location 
of every click against the correspond- 
ing timecode. The unit can then out - 
put everything from MIDI clock pulses 
and Roland Sync Code, to 24, 48, 96 
and 120 per' /4 -note pulses. 

"The SBX -80 is a brilliant piece of 
gear for drum machines," Heller con- 
fides. "Now that you have a song 
relating to a number code, you can 
interface any drum machine with this 
unit, and move it forward or back- 
wards into time. If you stop at any 
given point on the tape, there will be a 
SMPTE number on the SBX -80 read- 
out. You can then call up an offset 
function [to take care of processing 
time lag] and simply retard or advance 
the triggering codes by a few bits." 

Roland has just released theTR -707 
drum machine, which contains both 
digitally sampled drum sounds and 
cymbals; further details of this new 

- ROLAND TR -909 - 
unit are included in an accompanying 
sidebar. 

For additional Information circle #200 

LINN ELECTRONICS 
LINNDRUM 

"It's very flexible, easy to work with 
and, number 1, always shows up on 
time," is how veteran engineer - 
producer Bruce Swedien describes 
the LinnDrum. Swedien has worked 
with the machine extensively on the 
latest releases from Michael Jackson, 
Sergio Mendez, and Missing Persons. 

Many studio engineers and produc 
ers consider that the original LM -1, 
LinnDrum. and new Linn9000 (re 

THE PERFECT DRUM MACHINE 
A(though several drum machines are equipped with just about every desirable feature, 
to many users the "perfect" electronic drum machine has not yet been marketed. 

And while less expensive units do not offer everything an engineerproducer /artist may 
need, some of them do contain features not found on the more expenseive models. If R -e /p 
was to attempt to create the "perfect drum machine," shown below are some of the 
primary features it might include: 

32 Internal sounds: four bass -drum sounds, ranging from a "Linn- type" to a heavy -metal 

sound; six different snare sounds; four separate tom outputs (high, middle, low, and floor); 
open (loose and tight) and closed high -hat (the latter with light and heavy sounds); side 
stick; three ride cymbals; three splash cymbals; two cowbells; clave; tambourine; two 
congas; and a shaker. 

15 Programming buttons /pads. 
16 Individual outputs. 
Stereo and mono mixed outputs. 
User -programmable panning (preferably with pots or faders.) 
Output mixing with faders. 
All drums capable of being tuned. 
Replacement cards /chips should be Drumulator- and /or Linn -compatible. 
Clock output /input: 24, 48, 96 pulses per quarter -note. 
Six separate trigger inputs for external triggering of internal sounds, with high procesing 

speed to prevent time delays. 
*Software and interfaces available for Apple and IBM on- screen drum programming. 

We would be interested in feedback from users of drum machines regarding other 
features that they look for in electronic percussion. 000 

viewed elsewehere in this issue), 
which also features a multitract dig- 
ital MIDI keyboard recorder, were the 
first "serious" digital drum machines, 
and now are probably the most widely 
used in studios around the world. The 
company boasts users ranging from 
techno -poppers like Prince and The 
Cars, to country boys like Willie Nel- 
son and Ronnie Milsap. 

To hook up the LinnDrum, Swedien 
says that generally he uses the trans - 
formerless microphone inputs on the 
Harrison board at Westlake, the Los 
Angeles studio where he does a lot of 
his session work. Although such an 
interconnect scheme works well, "In 
some cases I'll run straight into the 
tape machine, usually via a direct box 
to isolate it for hum or noise," the 
engineer says. 

Depending on the year of manufac- 
ture, the replacement chips being 
used, and so on, virtually every Linn - 
Drum machine has a different sound. 
So, Swedien says, there's no set 
approach for getting the best sound. 
He uses his "less is best" philosophy, 
and does no limiting and as little 
equalizing as necessary on the Linn - 
Drum's output, which seems to say 
something for the general quality of 
the unit's drum sounds. 

According to Swedien, the most 
effective way to take care of any lag - 
time problems when connecting other 
machines, synthesizers, and se- 
quencers, to the LinnDrum is as fol- 
lows: Lay down a quarter -note click in 
real time from a rhythm source, such 
as a Garfield Electronics Dr. Click, in 
a time base that is compatible with 
the LinnDrum. Then route the click 
through a 100 millisecond delay, and 
use the delayed signal to clock the 
Linn and lay down its sync code. Now 
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any delayed outputs from other devi- 
ces, caused by slower microprocessor 
speeds, will be in sync with the Linn. 

"If you went ahead and just played 
the LinnDrum and hoped that every- 
thing would fly, you'd get into all 
sorts of trouble, like [having to] flip 
the tape over, etc. [Flipping the tape 
over to enable the lagging signal to 
become an early trigger signal is con- 
sidered by most engineers to be an 
archaic technique.] All those things I 
have done, but it's such a pain in the 
neck. The 100 millisecond window 
allows me some leeway; if the [slaved 
unit's] microprocessor has a little bit 
more lag in its response than the 
LinnDrum, I can then shorten that 
delay and make it play in time with 
it." 

On Missing Persons' album Rhyme 
and Reason, Swedien mixed the Linn - 
Drum's bass with drummer Terry 
Bozzio's Simmons electronic kick- 

drum sound. The weight of the Linn 
kick, combined with the snap, pres- 
ence and mid -range of the Simmons 
kick, is what ended up on the record. 
The individual bass drum output from 
the Linn Drum was used to trigger the 
kick sound of the Simmons, he 
explains. 

The Jacksons' tune, "State of 
Shock," features several LinnDrum 
sounds, along with some hand claps. 
To achieve a monstrous snare sound, 
Swedien gated the Linn snare to open 
and close the return from an EMT 251, 
so that the added reverb lasts for the 
exact duration of the snare hits. "It 
gets really big, and then instantly 
small. To add a little space to that, 
and to keep it from getting too drastic, 
I just put in a little normal reverb 
sound." 

Another little trick that, on occa- 
sion, has worked for Swedien is to feed 
the LinnDrum snare sound through a 

- LINNDRUM - 
speaker, place it face down onto a real 
snare drum, and then mike it nor- 
mally. "You get a little rattle and 
acoustical effect," he explains. 

The engineer has only one minor 
complaint about the LinnDrum: "I 
wish the kick drum was tunable," he 
offers. Well, in direct response to this 

TECHNICAL REFERENCE TABLE FOR SELECTED DRUM MACHINES 

MODEL Int. 
Sounds 

Outputs Stereo Outs/ 
User Panning 

Level 
Mixing 

Individual 
Tuning 

Plug-in 
Sounds 

MIDI Clock 
Input Output 

Computer 
Interlace 

Note /Song 
Capacity 

Recent Session 
Examples 

TR909 11 11 Yes /No Pots Kick. snare 
toms. ride, 

crash 

Yes Yes Roland compatible 
slaving only 
MIDI MIDI 

No 896 Measures 
(about 10 saves) 

High -hat. cymbals. 
some snare on 

LaToya Jackson's 
album 

Heart Don't Lie 

Linn- 
Drum 

15 15 Yes/Yes. Fad- Snare, toms. 
ers congas 

Yes No Anything 48 
MIDI MIDI 

No 99 songs 
250 steps per song 

Al Jarreau 
High Crime: 

99 segments Hall and Oates 
Big 8am Boom 

Linn 
9000 

18 18 Yes /Yes Fad 
ers 

All Yes Yes Anything 48 
MIDI MIDI 

"To 
Come 

50 songs 
50 sequences 

Tao New 

Soon" "multitrack recorder" 

DMX 24 8 Yes /No Fad- 
ers 

All Yes No 96 96 No 100 songs 
256 steps per song 

Steve Perrÿ s 
single 

200 sequences "Foolish Heart" 

DX 18 6 Yes /No Fad- 
ers 

All Yes Yes 24 24 
48 48 

No 50 songs 
256 steps per song "Too New" 

96 96 100 sequences 
MIDI MIDI 

Drum- 
ulator 

12 9 No Pro- 
gram 

No Yes Yes 24 24 
48 
96 

Apple 
II /11c, 

Mac 

64 songs 
99 steps per song 

36 segments 

' hinaTown -from 
Chaka Khan's 
album I Feel 

MIDI MIDI For You 

RX11 29 12 Yes /Yes Pro- 
gram 

No No Yes 24 24 
48 

"Not 
Yet" 

10 songs 
255 steps per song 

"Too new 

96 100 segments 
MIDI MIDI (patterns) 

RX15 15 None Yes /Yes Pro- 
gram 

No No Yes 24 24 
48 

Not 
Yet" 

10 songs 
255 steps per song 

"Too New" 

96 100 segments 
MIDI MIDI (patterns) 

Drum- 
tracks 

13 6 No Pro- 
gram 

All Yes Yes 24 24 
48 48 

No About 10 songs 
99 steps per song 

"Too New" 

96 99 segments 
MIDI MIDI 

LATE NEWS: Oberheim has unveiled the DX Stretch, which provides 
three drum voice; Sequential Circuits now offers the TOM digital 
details, see the "New Products" item elsewhere in this issue. 
Also see accompanying sidebar description of the new Roland TR707 with full digitally sampled sound. 

an additional four rows of 
drum machine - for full 
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CLICh to the BERT 
The original Doctor Click has been 
used to create countless innovative 
hit records, TV and film scores, and 
special effects, and has spawned a 

whole new generation of imitators 
the sincerest tbrin of flattery, you 
know(. 
Now you can get more of the good 
Doctor's medicine for a lot less. 

price of the original. Twice the 
machine at half the price! 

MASTER BEAT - The 
Ultimate Studio 
Interface. 

At the request of many studios and 
top musicians, Garfield Electronics 

DIN sync formats, and MIDI. Click 
and trigger outputs also. 

"Doctor Click facility" enabling 
sync to click tracks, live tracks, 
MIDI, and all tape sync codes for 
total compatability. 

High resolution programmable 
"timing map" allowing any beat 
interval sequence to be stored, 
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SMPTE SYNCHRONIZER 
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DOCTOR CLICK 2 More 
of the Doctor, for half 
the price. 

DOCTOR CLICK 2 -This new Studio 
Quality synchronization system 
from Garfield Electronics has the 
features and performance that 
made the original Doctor (lick the 
standard of the industry, and more. 
DOCTOR CLICK 2 synchronizes to 
click tracks, live tracks, the 5 sync - 
to -tape codes, both DIN Sync for- 
mats, and MIDI clocks for unsur- 
passed adaptability. From any of 
these sources, DOC'T'OR CLICK 2 

generates, simultaneously, 6 time- 
base clocks, the 5 sync -to -tape 
codes, the DIN Syncs, MIDI clocks, 
click and trigger outputs. Addi- 
tionally, a variable clock channel 
provides 22 triggering rates includ- 
ing syncopated rhythms for step 
sequencers and at'¡)eggiators. 

Best of all, DOC'rOR CLICK 2 

incorporates new technology 
that enables us to give you the 
DOCTOR CLICK 2 for half the 

1983. Garfield 1:lectermic.. Inc. 

11 11 11 111 111 

has developed the only true open - 
ended code interface system, 
MASTER BEAT, a studio system so 
versatile that the only limit is your 
imagination. This features list gives 
a glimpse of the pertorrnance con - 
trol horizons possible with MAS'T'ER 

BEAT. 

The Only SMPTE Synchronizer 
With All These Features: 

Sync generation in beats per min- 
ute, 24, 25, or 30 FPS film/video cali- 
brated tempos from ALL. SMPTE/ 
EBU formats: 24 and 25 frame, 30DF 
and NM. Produces all 4 codes as 
well. 

Sinu,ltaneous production of all 
sync formats: 6 fixed clocks, 1 vari- 
able arpeggiator /step sequencer 
clock, the 5 sync -to -tape codes, 2 

edited, and offset under SMPTE 
contí'ol for complete adjustment 
of rhythmic "feel." 

Six multi-programmable SMPTE 
controlled event gates, each with 
5 -volt and contact closure outputs 
for synchronized sound effects 
and control triggering! 

Live tracking mode creates sync 
from pulse information in real time 
for live performance! 

Advanced production features 
include: RS -232 computer interface, 
code regenerate and conversion, 
jam sync, SMPTE from neopilot, 
remote control inputs, non -volatile 
memory, and save -to -tape! 
Now third generation sync technol- 
ogy is yours. Total compatability .. . 

total versatility ... total creativity ... 
\IAS'I'ER BEAT. 

For a demonstration of the amazing capabilities of DOCTOR CLICK 2 and 
MASTER BEAT, call or write for the location of your nearest dealer. 

Garfield Electronics 
The Home of DOCTOR CLICK 

P.O. Box 1941, Burbank CA 91507 1818) 840 -8939 

Our Only Business Is GettingYourAct Together. 
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question, a technician at Linn says 
that, by going inside the machine, the 
entire array of sounds are capable of 
being tuned up or down in pitch. 
While the company doesn't advertise 
this fact, in theory it is possible to 
tune the bass and other drum sounds. 

For additional information circle #201 

E -MU SYSTEMS DRUMULATOR 

One of the more cost- effective 
machines on the market, the E -mu 
Systems Drumulator has several fea- 
tures offered by more expensive units. 
One feature not found in the Drumu- 
lator, however, is composite stereo 
outputs. According to George 
Johnsen, chief engineer at EFX Sys- 
tems, Burbank, the mono combined 
output isn't particularly useful. In- 
stead, he utilizes the individual drum - 
sound outputs because the mono -mix 
out just doesn't do the trick, even 
when sweetening. (In fairness, the 
facility's unit was purchased several 
years ago, and was one of the first 
available models.) 

EFX recently finished recording a 
film soundtrack for First Strike, a 
promotional video for the movie Dune, 
along with a commercial for Dole 
Pineapple. 

Johnsen says that, again, patching 

-E -MU SYSTEMS DRUMULATOR - 
the machine is fairly basic; there is 
enough output level available to con- 
nect directly to a console patch point. 
"To clean up some noisy channels we 
connect the output through a gate 
before it passes into the console," he 
points out. The bass drum channel, in 
particular, produces some digital 
noise after the sound itself has ended. 

A factory modification available 
for the older models reduces the out- 
put noise, and the problem has been 

SONIC ARTS CORPORATION 

The Mastering Boom 
RECORD 

PRESSING 
JACKET 
PRINTING 

... thanks to you for the fine work 
you have done in the mastering of all 
our releases. The quality of the sound 
on the finished records is superb." 

Fred Catero 
Pres. Calero Records 

The finest custom packaging can be yours now 
by consulting with Jamie Marantz at: 

SONIC ARTS 
665 Harrison Street 

San Francisco, CA. 94107 
(415) 957 -9471 - TELEX: 176 -123 
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alleviated in newer models. There is 
still some crosstalk or bleeding of the 
various drum sounds into other indi- 
vidual outputs, Johnsen points out. 
"For instance, if you had an entire 
drum set programmed on the Drumu- 
lator, but were only outputting the 
kick sound, you would still hear some 
snare and other things on that 
output." 

In terms of processing, the engineer 
uses a lot of digital reverb to build a 
"room" around the kit. "The Quantec 
Room Simulator works real well to get 
the Drumulator sounding like a real 
drum set. I don't like it when people 
use different echoes on each drum, 
because they do not sound like they 
are in the same room. Once the Drum- 
ulator has been 'set up' in a particular 
room, you can then add more reverb to 
individual drums - perhaps the 
snare - to get a classic sound." 

Johnsen feels that, compared to 
other units, the Drumulator has the 
best rhythm programming capabili- 
ties. "The only drawback to the 
machine is there's no tuning. The best 
way to tune the Drumulator is to go 
ahead and print a sync code on tape, 
and record the sounds for which you 
are not going to change the pitch. 
Then go and varispeed the recorder to 
move the sync speed up and down, so 
you can change the pitch of a drum. 
The unit will track the off -speed sync 
code, and lay the new tracks right in 
tempo. 

"For example, to achieve the sound 
of 'Thunder Toms,' just speed the 
machine up a bit when recording the 
toms. Using a VSO during the record 
process provides more control; you 
can pitch the sound by semi -tones, 
half -tones, and standard musical 
intervals." 

Like other drum machines, the 
Drumulator is able to act as master 
while driving, via the unit's clock out- 



THE dbx i00 DIGITAL AUDIO PROCESSOR 
IS HERE! 

Cek/ho a te g '91:1);_lertip. t_lran9 
Now there's a digital audio processor for people who'd rather listen to music. 

The dbx 700. 
The dbx 700 and a professional- quality VCR let you reproduce sound that's more 

musical than any other digital system. And you can buy it for a song. 
The secret? A new technology caled Companded Predictive Delta Modulation (CPDM)- 

a digital encoding technique that solves the problems inherent in existing digital systems. 
What's more, the dbx 700 has an incredible 110 dB dynamic range. I I 

Of course, the only truE tEst is how the 700 sounds to you. We invite you to 
visit your r_ea Est dbx digital dealer. Ani let your ears decke. 
dbx Inc.. Profe;sioaal Products Divisbn, 71 Chapel Str.et. Newton. Massactusets 02195. USA, 'DI. 317) 9ifá -:210, Teha: 93-2522 
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- OBERHEIM DMX - - OBERHEIM DX - 
put, other slave drum machines. 
Johnsen likes the Drumulator's pro- 
gramming features, kick and snare 
sound, and then triggers the toms on a 
LinnDrum slave. "A lot of people are 
coming into the studio with material 
they've composed on a Drumulator, 
and they're looking for `that' kick 
sound." He also points out that the 
range of Drumulator replacement 
chips made by Digidrum sounds good. 

Overcoming sync time anomolies 
that can be encountered when trigger- 
ing different drum machines or syn- 

thesizers is a big problem, says 
.Johnsen, but easily solved. "We have 
been experimenting with using 
SMPTE and sync codes printed on a 
separate piece of tape, and simply 
offsetting the sync signal forward, 
using a timecode synchronizer." 

For additional information circle #202 

OBERHEIM DMX and DX 

Of Oberheim Electronics' two drum 
machines, the DMX incorporates 

S/TOTAL 
UE RECALL 3M DIGITAL ST UVE il/NALOG 

ECHO SYSTEMS 
Lexicon 224 -XL 

Digital reverb 
Lexicon 224 

Digital reverb 
AMS RMX 16 

Reverb System 
Echo plate Il (2) 

DELAY SYSTEMS 
AMS DMX 15 -80 

w/3.2 sec. delay 
Lexicon Super Prime Time 
Lexicon Prime Time 
Lexicon PCM 42's (2) 
Yamaha D 1500 

Dig. Delay w /MIDI 

jig% 

OTHER OUTBOARD 
GEAR 
AMS DMX Harmonizer 
ADR F 769 X -R 

Vocal Stressor (2) 
KEPEX II Gates (4) 
Scamp mini rack 
Scamp 526 Mini PSU 
Scamp 504 Para EQ (2) 
Scamp 525 Stereo Deesser 
Trident stereo limiter 
LA 1176 Limiters (2) 

MONITOR SYSTEM 
JBL 4430LR Biradial 
Yamaha NS10 /JBL/ 

Auratone 
4B Bryston/ 

Yamaha 2201 -2100 
& BGW Amps. 

White 4400 EQ 

INSTRUMENTS 
FAIRLIGHT CM! II -X 
Yamaha DX -I & 

DX -7 Synth. 
Roland Jupiter 8 
Simmons Drums (7 piece) 
SDS-6 Simmons 

Sequencer 
Oberheim DMX 

drummachine 
Roland TR 808 
Pearl Drumset 
Sequential Circuits PRO -I 
Bösendorfer Grand Piano 
Hammond B3 /Leslie organ 
Tack piano 
Fender Rhodes 

MICROPHONES 
Assortment of NEUMANN 

AKG, SHURE, 
Senn heiser 
NEUMANN TUBES Etc. 

RECORDING STUDIO INC. 

Old Hillsboro Road Rt II Franklin. TN 37064 - Tel. 615 791 -0810 Telex 750471 
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additional features, such as an 
alpha /numeric display, and more 
precise, longer sounds, than those 
available on the DX. 

Niko Bolas, staff engineer at Val 
Garay's Record One Studio, Sherman 
Oaks, California, recently engineered 
albums for Toto, Don Henley, Steve 
Perry, and Karla DeVito. The engi- 
neer explains that he doesn't use 
direct boxes when patching the DMX, 
because "they tend to soften the 
sound a little bit, and we have [Valley 
People] TransAmps in the front -end 
of our board [ a custom API]. The slew 
rate can't be beat through these trans - 
formerless inputs." Alternatively, the 
DMX outputs can be patched into the 
EQ -in, avoiding the Transamps. "But 
I usually go into the mike pre so I can 
have some control over the level," he 
explains. 

While some engineers find a mixed - 
mono output to be not very useful, 
Bolas sometimes prefers to use the 
DMX's built -in mixer, along with the 
individual mono outputs. "It sort of 
Niko Bolas serves as session engineer at 
Record One Studio, and recently engi- 
neered sessions for Toto, Don Henley and 
Steve Perry. 



And 
now a message on 
Yamaha's M1500 

series 
mixing consoles. 
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M1516A 

mes.aitar - 

GENERAL SPECIFICATIONS 
FREQUENCY RESPONSE +0, -3dB, 20Hz to 20kHz; +0, -0.5dB, 30Hz to 15kHz. 
TOTAL HARMONIC DISTORTION (THD)* 

Less than 0.5% @+ 10dB, 20Hz to 20kHz. Less than 0.1% @ + 20dB, 50Hz to 20kHz. 
HUM AND NOISE* (20Hz to 20kHz, 150Q source, Input Selector set at " -60 ") - 128dBm Equivalent Input Noise (EIN); - 95dB residual output noise with all Faders down. - 73dB PROGRAM OUT (77dB S /N); Master Fader at nominal level & all Input Faders down. - 64dB PROGRAM OUT (68dB S /N); Master Fader and one Input Fader at nominal level. - 73dB MATRIX OUT; Matrix Mix and Master controls at maximum, one PGM Master Fader at nominal level, and all 

Input Faders down. 
-64dB MATRIX OUT (68dB S /N); Matrix Mix and Master controls at maximum, one PGM Master Fader and one 

Input Fader at nominal level. 
- 70dB FB or ECHO OUT; Master level control at nominal level and all FB or ECHO mix controls at minimum level. 

(Pre/Post Sw. (a, PRE.) 
- 64dB FB or ECHO OUT (68dB S /N); Master level control and one FB or ECHO mix control at nominal level. 

(Pre/Post Sw. @ PRE.) 

MAXIMUM VOLTAGE GAIN (Input Selectors set at " -60" where applicable) 
PROGRAM & MATRIX 84dB; Channel In to the corresponding output. EFFECTS 20dB; Effects In to PGM Out. 
FB & ECHO 94dB; Channel In to FB /ECHO Out. SUB IN 10dB; Sub In to PGM Out. 

EQUALIZATION (± 15dB maximum) 
LOW: 50, 100, 200, 350, 500Hz, shelving. HIGH MID: 1.2, 2, 3.5, 5.7kHz, peaking. 
LOW MID: 250, 350, 500, 700, 1000Hz, peaking. HIGH: 10kHz, shelving. 

HIGH PASS FILTER 18dB /octave rolloff below 80Hz. 
PHANTOM POWER For remote powering of condenser microphones, +40V DC can be switched on via a rear panel 

Master phantom power switch. When an individual Input Phantom switch is also On, voltage is applied to pins 2 and 3 
of that input's balanced XLR connector. 

DIMENSIONS /WEIGHT M1516A 34" W x 36'/2" D x 141/2" H 147 lbs. M1524 553 /4ít W x 363/4" D x 14'/2" H 213 lbs. 
M1532 55 3 /4íí W x 363/4" D x 14' /z" H 231 lbs. 

*Measured with a 6dB /octave filter (a 12.47kHz; equivalent to a 20kHz filter with infinite dB /octave attenuation. 

The specs shown are for the 16- channel M1516A console. When you need the same out- 
standing performance but more channels, there's the 24- channel M1524 and the 32- channel 
M1532. All three mixers have remote rack - mounted power supplies and are ideal for just about 
any fixed or portable sound reinforcement or broadcast application. 

Of course, all three M1500 consoles have legendary Yamaha quality, reliability and craftsman- 
ship. Which explains why you see Yamaha mixers wherever you look. Studios. Concert halls. 
Clubs. Theatres. Churches. We could go on, but you get the message. 

For more information, write: Yamaha International Corporation, Combo Products Division, 
P.O Box 6600, Buena Park, CA 90622. In Canada, Yamaha Canada Music Ltd., 135 Milner Ave., 
Scarborough, Ont. M1S 3R1. 

C YAMAHA 
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ENGINEER NIKO BOLAS' 

TECHNIQUE FOR ADDING 

\NATURAL ROOM AMBIENCE TO 

DMX KICK AND SNARE SOUNDS 

STUBID 
PLAYBACK 
MONITORS 

meshes the sound together, and then I 
put an old tube limiter over the whole 
thing to make it a rhythm sound, 
rather than a drum set." 

Like several other drum machines, 
the DMX features user -replaceable 
sound cards, a feature that can be 
important for building a specific 
sound. "Generally the pre -packaged 
snare just doesn't sound like a drum," 
Bolas offers. "But if you fire a DMX 
tom tom, side -stick and snare, along 
with a Linn and Simmons snare - all 
on the same beat - and then mix it all 
together, you can build an incredible 
snare sound. 

Response -time problems can be 
avoided by laying sync codes onto 
tape first, and overdubbing every- 
thing off the code. "All you really 
want to do, no matter how you do it - 
and the means isn't really the ques- 
tion - is to get everything in time 
with everything else. How you do it 
comes down to whatever is easiest, 
with whatever gizmos you've got." 

Continuing with his "patch-it-in-'til - 
it- works" philosophy, Bolas says he 
gets the best ideas from listening to 
an artist's demos. Sometimes, he 
offers, cheaper ways to do things 
sound better. 

On Don Henley's album, Building 
the Perfect Beast, the song "Driving 
With Your Eyes Closed" includes an 
eighth -note that runs throughout the 
whole tune. "What that is," continues 
Bolas, "is the snare at that tempo 
from a drum machine, Y'd with the 
output of a [Yamaha] DX7 that had a 
matchbook stuck in the actual key of 
the song's basic primary note. Both of 
the outputs went into [ an MXR1 noise 
gate. 

"Every time the snare drum was 
fired, it would open up the noise gate 
and you'd get that along with the note 
off the DX7. The snare drum was the 

ACOUSTIC 

DRUM 
KIT 

RECORDING TOM FILLS. 

CYMBALS. AND HI HAT 

only thing strong enough to key the 
MXR noise gate, so it would imme- 
diately close. 

"That's stuff you can do in your 
bedroom, yet it sounded better than 
anything I've tried to do with the 
fancy sequencers!" 

Combining the DMX with the sound 
of a real drummer creates "kind of a 
weird cross -breeding between a ma- 
chine and a human," Bolas says. "On 

the Karla DeVito album, I sent the 
sound of the DMX kick and snare 
through monitors out into the studio 
room, where drummer Craig Krampf 
was playing live tom fills, cymbals, 
and high -hat." 

By opening up a room mike placed 
above the kit. and playing back the 
DMX kick and snare sound - "which 
would be blasting through the moni- 
tors" - it's possible to achieve more 
ambience. "You wind up with a little 
bit more of a human sound than a 
very non -ambient drum signal," he 
confides. 
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YAMAHA RX11 and RX15 

Session musician Rick Marotta 
was the drummer who created and 
played that Syndrum sound on "Poor, 
Poor, Pitiful Me," mentioned earlier 
in this article. "It still haunts me," he 
says with a chuckle. In addition to his 
acoustic Yamaha and electronic 
Simmons kits, Marotta now uses a 
Yamaha RX11 as a player /engineer/ 
producer. The unit's smaller brother, 
the RX15, is similar, yet lacks indi- 
vidual drum sound outputs and has 15 
drum sounds instead of the 29 availa- 
ble on the RX11. 

While the RX11's 29 internal drum 

From initial tracking ... to the finished CD 
... or any step in between 

COME) MAHEZ 
_DACSIMY-1, DIZAPlli§, 

a :2e11. 171.A-_ 
3M 32 -Track 
Sony 24 -Track 
JVC DAS 900 2 -Track 
Sony 1610 2 -Track 
Audio & Design 
701 2-Track 
PCM 701 
ES 1610 
Interface Tray 
dbx 700 2 -Track 
SMPTE 
Generator 
and Reader 

CMS 
DIGITAL 

(818) 797.3046 

Electronic Editing 
(frame accurate) 
Electronic Editing 
(word accurate) 
Format Conversions 
Compact Disc 
Preparation 
Digital Layback onto 
Video Master 
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STOP PRESS: ROLAND DEBUTS TR -707 
DRUM MACHINE WITH SAMPLED SOUNDS 

The new TR -707 Rhythm Composer offers 13 digitally recorded sounds. Each drum 
sound has its own audio output, in addition to master stereo outputs. Up to 64 individual 
patterns can be created and used to write complete rhythm tracks with a total memory 
capacity of 998 measures. Once completed, the pattern and track data can be stored 
externally in two formats: audio tape, or Roland's M -64C Memory Cartridge, which serves 
to double the instrument's immediately available memory. 

An LCD provides a beat -by -beat readout for graphic editing. Individual drum scoring, 
accents, measure numbers, track numbers, tempo, and operating modes also are all 
displayed. 

The TR -707 is equipped with MIDI, Sync 24, programmable Trigger Out, and full Tape 
Sync facilities. Complete dynamics can be programmed with any dynamic MIDI controller 
or sequence controller. 

For additional information circle #204 

INEXPENSIVE 
SOUND SAMPLING 

HAS ARRIVED 
Now you can digitally record and play back any sound musically with an Apple II 
computer! The DX -1 Sound Sampling System turns an Apple into a sound source 
for any musical instrument - or a sound effects machine capable of recording and 
reproducing any natural sound in many creative ways. 

Plays effectively ANY sound musically over at least five octaves 
Samples sounds from external sources 
Easy menu driven software provides many modes of control 
Play DX -1 "live" in two basic modes 
Allows creation of intricate programmed sound sequences 
Select drum rhythms - drum and cymbal sounds included 
On -board high fidelity pre -amp lets you record any signal source 
Excellent for musical and sound effects applications 

DX -1 System Price: $349.00 
Requires a 48K Apple II +, / /e, / //, or Franklin, and one disk drive 

CALL OR WRITE FOR MORE INFORMATION 

Decillionix 
P.O. Box 70985 Sunnyvale, California 94086 
ApF'Ie o.a trademark 01 Apple ( rrmpuler Im 

(408) 732 -7758 
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Drummer /producer Rick Marotta has wide 
experience with digital drum machines. 

sounds put it ahead of other drum 
machines, it does suffer from the 
drawback that other voices cannot be 
added through the use of additional 
chips, cards, etc. However, according 
to Marotta, the sounds loaded into the 
RX11 compare favorably with those 
available from other drum machines. 

"Before I got my RX11," the engi- 
neer explains, "I played an RX15 
through an R1000 [Yamaha reverb 
unit] side by side with two different 
machines. And, for my money, it was 
amazing; the sound of the bass drum 
and snare drum blew the others 
away." 

When processed through high -end 
gear, such as AMS and Lexicon 
delays and reverbs, "the RX11 sounds 
as good to me as anything I've heard 
on anybody's record." Marotta says. 

After patching the unit to a con- 
sole's mike pre -amp input, the only 
general equalization required "is per- 
haps a little bottom end to further 
beef -up the kick or snare. Sometimes 

- YAMAHA RX11 - 

- YAMAHA RX15 - 



if you add a little reverb, you'll have to 
EQ out some of that tone. But, basi- 
cally, that's all you really have to do." 

While the RX11 may be lacking 
when it comes to changing its inter- 
nal sounds, the unit's MIDI capabili- 
ties potentially make up for the 
deficit. "One good thing about MIDI," 
Marotta continues, "is'that it enables 
you to interface the unit with, let's 
say, a DX7, or any other MIDI - 
equipped keyboard. The RX11 or 15 
then become sequencers of musical 
notes, instead of drum sounds." The 
number of separate notes that can be 
triggered externally is limited to 12, 
the unit's number of individual 
outputs. 

For additional information circle #205 

SEQUENTIAL CIRCUITS 
DRUMTRACKS 

About a year ago, Tony Rockliff, 
engineer /writer /producer at Classic 
Sound in Hollywood, sold the studio's 
existing drum machine and picked up 
a Drumtracks. "The snare and cym- 
bal sounds are very good," he con- 
fides. "Although the bass drum may 
not sound as good as other drum 
machines, adding a lot of 5k on the 
Drumtracks' kick will dramatically 
improve the sound." 

Rockliff has the Drumtracks patch- 
ed into a Hybrid Arts 16 -track poly- 
phonic MIDI sequencer and, in some 
instances, does not record the Drum - 
tracks' output to 24 -track tape. In- 
stead, the Drumtracks, as well as 
other MIDI keyboards, are sequenced 
in real time by the Hybrid Arts. Dur- 
ing mixdown their outputs are fed 
into a 20- channel Biamp submixer, 
and then into the studio's Soundcraft 
console. This "direct -to- master" tech- 
nique adds clarity to the drum sounds, 
he says, by eliminating the multi- 
track tape stage. 

Classic also owns one of the new 
Simmons SDS-1 electronic drum units. 
On several occasions, Rockliff has 
used the output from the Drumtracks, 
both directly from the machine and 
from tape, to trigger the Simmons. 
This technique, the engineer says, 
"adds depth to the Drumtracks' snare 
sound. Or, I'll put the snare through 
an old Pultec tube equalizer to get a 
very, very fat sound." 

In a recent session, during which 
the producer wanted a heavy - 
sounding kick, Rockliff came up with 
the follow patch: "The Drumtracks' 
bass drum was set up to trigger the 
Simmons kick sound which, in turn, 
was set up to trigger a Linn bass 
drum. These signals were then sent 
out into some PA monitors and miked 
from a distance. The combination of 
the direct outputs and the PA moni- 

- SEQUENTIAL DRUMTRACKS - 
tors was pretty astounding,- he 
recalls. 

One potential complaint, Rockliff 
says, is that "the toms corne out of the 
same output. There is no way to pan 

two toms, or however many toms you 
are creating, unless you do it one by 
one while overdubbing. 

Another funct:on lacking on the 
Drumtracks is a trigger input, a func- 
tion that is useful "when you want to 
`repair' a real snare drum, for instance, 
by adding a snare sound from the 
drum machine. Without a trigger 
input, it's impossible to get a drum 
machine to be fired from a snare 
track." 
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In Part Two, to be published in a 
future issue, we'll move on to consider 
electronic drums and percussion. 

MEN 
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Northeast: 
MASTERDISK (New York City) has purchased a Mitsubishi X -80 digital two -track. Until now the facility was able to satisify 

customer demands for digital equipment through Audioforce, a rental agency for Mitsubishi digital products on the East Coast. 
"We simply reached the point where it made sense for us to buy one,' says mastering engineerBob Ludwig, who explains that 
nearly 25% of the studio's "major mastering projects" involve digital masters. Ludwig believes that this trend supports the notion 
that studios the world over are phasing out analog recording in favor of digital techniques. Clientele will also be able to take 
advantage of some of the X -80's latest accessories, chief among them a variable pitch playback ability. Using a DEC -VCO unit 
manufactured by Digtal Entertainment Corporation, Mistubishi's U.S. marketing outlet, a mastering engineer can alter the 
pitch of a master tape. The DEC -VCO, developed to provide an interface for post -production synchronization with the BTX, 
Audio- Kinetics, and Adams -Smith systems, in this mode actually replaces the master clock of the recorder with a variable signal, 
thus affecting the playback speed. This facility is also claimed as the first to utilize a new autolocator, a software controlled device 
that operates under TACI-! or SMPTE timecodes, and provides a number of search -to points and autolocation, simplifying the 
repeated mastering of album sides. 16 West 61st Street, New York, NY 10023 (212) 541 -5022. 

NUTMEG RECORDING (New York City) has renovated and expanded its facility. Studio A is r,ow remodelled with an 
enlarged control room, plus the addition of a video interlock system comprising a Sony 5850 3/4 -inch video machine, a BTX 
Softouch /Cypher system, a Lexicon model 200 digital reverb, and a Tascam 8516 16-track recorder for interlock. The B room 
is said to be geared for high -tech sound processing by utilizing a Tascam 58 eight -track recorder, a Lexicon Prime Time digital 
delay, an Eventide Harmonizer, along with an Oberheim OB8 music system (including the DSX Sequencer and DMX digital 
drum machine), which will be used throughout the studio in general. 45 West 46th Street, New York, NY 10036 (212) 921 -8005. 

TRACKMASTER AUDIO (Buffalo, New York) has added to Studio A an EMT 140 tube plate reverb and WBI stereo plate 
reverb to its exisiting equipment array, which includes a fully- automated, 32 channel Auditronics 532 console, 24 -track MCI 
recorder with auto locator, MCI JH -110B two -track and Scully 280 two -track recorders for master work. The monitoring system 
includes customized speakers made from UREI and JBL components. Studio B and C, described as broadcast rooms, noew house 
two Otani MX5050 Mk III eight -track recorders, and two Yamaha R 1000 digital reverbs, which are linked to a customized 
18- channel MCI JH -416 and a 16- channel Audio -Technica console, respectively. One Franklin Park North, Buffalo, NY 14202 
(716) 886 -6300. 

KAJEM RECORDING (Philadelphia) has installed a Solid State Logic 4000E computerized console. According to Kurt 
Shore, studio manager, the facility is the first studio in the region to offer such a 48- channel SSL system. Additionally, Kajem is 
redesigning the control room with acoustical design by Acoutilog's Al Fierstein, New York. The SSL will be supported by Studer 
recorders, and Kajem's assortment of special effects gear which includes an EMT 251, Sony DRE 2000, digital delay lines by 
Eventide, Lexicon, Deltalab, Ursa Major, and MXR. Outboard equipment comprises Pultec, API, Audioarts, Valley People 
Gain Brain, and Kepex products. 1400 Mill Creek Road, Gladwyne, PA 19035 (215) 877 -2513. 

BEARSVILLE STUDIOS (New York City) has renovated its 24- and 48 -track Studio A, featuring a rare Neve 8088 
40- mike /80 -line desk, formerly utilized at Ramport Studios, England. Console modifications include 80 line inputs for mixing, EQ 
on either monitor or fader, fader clip, pre- and post -auxiliary sends on either fader, two stereo mix busses, and 48 -track recording. 
The studio features a Studer A800 24 -track recorder, UREI 813A monitors, and many pieces of outboard gear including AMS 
delay, Lexicon 224X with Larc, and Drawmer noise gates. In addition, owner Albert Grossman announced the appointment of 
Steven Bramberg as studio manager. P.O. Box 135 Speare Road, Bearsuille, New York, 12409 (914) 679 -8900. 

JOHN HILL MUSIC (New York City) is expanding its headquarters with the addition of a new 16 -track recording studio 
opening in mid -March. Among the equipment to be offered in the new studio will be: a Sound Workshop console, Auto -Tech 
16 -track two -inch recorder, Lexicon PCM 42 digital delay and Model 200 reverb, Eventide H -910 Harmonizer, Orban 622, 
Electro- Harmonix sampler, Valley People Series 800 gates, and Yamaha NS -10M monitors.The electronic music list to be 
housed in the studio includes a Prophet V, Yamaha DX7 and PF15, Korg Poly 800, Hohner electric pianos, Yamaha RX -11 
drum machine, LinnDrum 9000 drum machine, and Roland MSQ 700 sequencer. 116 East 37th Street, New York, NY 10016 
(212) 683 -2273. 

BREWSTER SOUND & VIDEO (Lynchburg, Vermont), formerly known as Turnkey Audio Visual, recently installed an Otani 
MX -5050 Mklll eight -track with eight channels of dbx noise reduction. The facility also purchased an Otani MX -5050 MkIII 
two -track, an Otani Autolocator for both tape machines, a pair of Shure SM -81 microphones, an Yamaha DX -7 synthesizer, 
and several additional pieces of audio /video gear. According to J. Troy Jones, studio manager, "The new equipment will give the 

studio and our clients a new flexibiltiy in all types of recording, such as demos, sound tracks, 
A/V narration, voiceovers, audio- for -video, and master recordings." The facility also opened 
studio B, which Jones says is "our dubbing room and helps us free up Control Room A from 
video and audio dubbing. We can now do video format transfers or video sweetening while at 
the same time doing high speed or real time audio dubs in the same room, and not conflict with 
any work being done in room A." The new A/V equipment purchase includes two Kodak 
16mm and 35mm projectors, a Sharp 19 -inch monitor, a Sony 14-inch VCR, and a 12 -foot by 
12 -foot Daylite projection screen. 2532 Longhorn Road, Lynchburg, VA 24501 (804) 
528 -4448. 

PHILADELPHIA DIGITAL SOUND (Philadelphia) is reported to be the area's first 
computer music and sound synthesis studio to acquire a new PPG Computer Music 
System and a variety of analog and digital synthesizers, including a Yamaha DX7, Ober - 

heim Expander, and Prophet synth. Says co-owner John Hodian, "Using a combination of MIDI interfacing, variable clock 
devices, and SMPTE synchronizers, we can lock up the computers and music system, and all the synthesizers, drum computers 
and sequencers. We can create huge, complex, multi -timbral pieces using all of our different synthesizers, and by -pass our 
multitrack facilities by going direct to digital master." According to engineer /producer Michael Aharon (pictured left with Hodian) 
the PPG allows the studio to achieve virtually any sound or any type of synthesis: digital, analog, additive, sound sampling, or FM. 
210 Church Street, Philadelphia, PA 19106 (215)922-1340. 

PDS - new PPG digital synthesizer 
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TRUE 
EQUAL TY 

In the past, low price has often been equated with low quality. No longe 

DOD's R -8308 and R-83113 EQ's feature computer aided design, low 
noise, high slew rate, low distortion, and extremely accurate control 
Add to this DOD's low prices, and the result is two of the most popul 

EQ's on the market today. 
Modular PC board construction 
Center detented, linear potentiometers 
Alt metal chasis 
Four-level LED output indicators 
Lori cut filter 

Bypass switch 
12 dB boost or cut 
Signal to noise greater than 95 dB 
IM distortion less than 0.01% 
One year warranty 

If you haven't yet discovered the true equality, you owe yourself a 
visit to your nearest DOD dealer for a demonstration. 

5639 South Riley Lane Salt Lake City, Utah 84107 Telephone (801) 268.8400 
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QUADRASONIC SOUND SYSTEMS (New York City) has taken delivery of a 40 -input Solid State Logic 4000E console 
and computer, which will be linked to its existing Studer A -80 24- track, Studer A80 two -track, and Ampex 440 and 350 two -track 
recorders. Outboard gear additions include an Orban 662 parametric EQ, an AMS digital delay, an AMS digital reverb, and a 

Lexicon PCM -42 digital delay processor. In addition, the facility also purchased three sets of keyboards: a Steinway grand and 
baby grand piano, and a fully programmable, eight card Yamaha DX7; a Garfield Electronics Dr. Click was also added. 723 7th 
Avenue, New York, NY (212) 730 -1035. 

Midwest: 
STUDIOMEDIA (Evanston, Illinois) has added a customized, 32 -input Trident Series 80 console, Threshold S -100 power 

amplifiers, and a Lexicon 200 digital reverb. Studio B expands from eight to 16 tracks with the acquisition of a Tascam MS -16 
one -inch machine, a Trident Series 65 console, UREI 811 monitors, and aLexicon PCM 60 digital reverb. 1030 Davis Street, 
Evanston, IL 60201 (312) 864 -4460. 

SWEETWATER SOUND (Fort Wayne, Indiana), has added to its synthesizer array with the purchase of a Roland MKS -30, 
which utilizes 16 MIDI channels, a Yamaha KX5, and a Yamaha RX -11 digital rhythm programmer. In addition, Sweetwater 
Sound has added Craig Voekler to regular staff personne1.2350 Getz Road, Fort Wayne, IN 46804 (219) 432 -8176. 

JOR -DAN, INC. (Wheaton, Illinois), previously known as a cassette duplication facility and media studio, has extended its 
capabilities with the inauguration of Studio A. Designed by George Augspurger and John Edwards the new room is said to 
feature the first Studer A80 VU MkIV 24 -track delivered in the U.S., along with a vintage, all- discrete 28 -input Neve 8058 console 
modified under the personal supervision of Rupert Neve, with Neve compressors, 31102 EQs, 16 added subgroups, and four 
wild -grouping faders accessible through the patchbay. Other equipment in the studio includes Studer A810 and B67 two -track 
recorders, UREI monitors, Hafler amplifiers, plus reverberation and signal processing by EMT, Lexicon, and Aphex, among 
others. The facility also offers a large stock of micophones by Neumann, Sennheiser, AKG, and Beyer; instruments include 
keyboards from Yamaha, and drums from Sonar. 1100 Wheaton Oaks Court, Wheaton IL 60187 -1043 (312) 65 -1919. 

STREETERVILLE STUDIOS (Chicago) has expanded its audio -for -video post -production capabilities. According to chief 
engineer Steve Kusiceil, the remix room at the five- studio complex opened in late February with a new SSL 6000E Series Stereo 
Video System, which will be equipped with SSL's Integral Synchronizer and Master Transport Selector. "We will be using the 
system to control a Sony BVU -800 VTR, twin MCI 24-track recorders, and an Otani MTR -10 four -track, and an MCI one -inch 
audio layback machine," explains Kusiceil. "The SSL display shows what every machine is doing, so we'll be able to keep them in a 
separate area adjacent to the control room." At Steeterville, the SSL will allow producers to mix as many as 64 sources into 
standard or "split" stereo and mono formats. The split formats permit separate stereo music, effects, and dialog submixes to be 
created at the same time as the main stereo or mono program mix. The system is also said to be one of the first in the world to be 
fitted with SSL's programmable EQ, providing two channels of dynamic parametric EQ and panning automation for dialog, EFX 
matching and special effects. 161 East Grand Avenue, Chicago, IL 60611 (312) 644 -1666. 

Southeast: 
HIDDEN MEANING STUDIOS (Warner Robins, Georgia) has installed a new Tascam M520 console, Tascam 85 -16B 

16 -track recorder, an Eventide Harmonizer, an AKG C414 mike, a Yamaha digital reverb, JBL 4312 monitors, a set of 
Simmons electronic drums, and a Roland guitar preamp. The control room also have been remodeled. 1134 Watson Blvd., 
Wanter Robins, GA (912) 923 -5507. 

FLOOD ZONE STUDIOS (Richmond, Virginia) has expanded from an eight- to a 16 -track facility. Installed into a newly 
acquired 16 -foot, control -room trailer, the added equipment includes a Soundcraft 1600 Producer Series console (24 x 8x 24), a 

Studer A8OVU MkIV 16- track, Studer B -67 and Revox A -77 two -track machines, Haller powered JBL 4430, 4411, and 
Auratone 5C monitors, Lexicon digital reverb and delay lines, MXR digital delay line, U.S. Audio Gatex, and compressor /limit- 
ers by UREI and dbx, according to owners /engineers Bruce Olsen and Steve Payne. P.O. Box 7105, Richmond, VA 23221 (804) 
644- 0935/224 -8993. 

STRAWBERRY JAM (West Columbia, South Carolina) has upgraded to an automated 24 -track facility with the installation of a 
new MCI JH -24 multitrack, supplied by Studioworks of Charlotte, North Carolina. The new equipment has been intergrated into 
a new control room designed by Tom Irby of Studio Supply Company, Nashville. 3964 Apian Way, West Columbia, SC 29169 
(803) 356 -4540. 

NEW RIVER STUDIOS (Fort Lauderdale, Florida) claims to be the first studio in Florida to take delivery of an AMS RMX16 
digital reverb. Other equipment purchases include several Valley People Kepex Ils and Gain Brain Ils, a UREI 1176 LN, and 
and a pair of Schoeps M221B tube microphones. 408 South Andrews Avenue, Fort Lauderdale, FL 33301 (305) 524 -4000. 

South Central: 
SUMET- BERNET SOUND STUDIOS (Dallas) has completed a total renovation of its Studio A's headphone /foldback 

system, with redesigned headphone stations containing selectable XLR or quarter -inch headphone jacks, switchable stereo /mono 
function, and individual high -power level controls. Headphone amplification is provided by Crown. A pair of JBL 4311 speakers on 
roll- around stands were added for live orchestra /chorus foldback. Also added to Studio A, to compliment it four natural chambers, 
are an AKG BX20, EMT plate, MICMIX XL515, and the new, four -program Lexicon Model 200 digital reverb. 7027 Twin Hills 
Avenue, Dallas, TX 75231 (214) 691 -0001. 

MUSIC RESOURCES (Franklin, Tennessee) is the name of a newly opened recording facility that is reported to be Nashville's 
only recording studio geared exclusively for computerized and electronic music production. Designed and built by owner /musician 
Steve Schaffer, the studio features a Synclavier computer synthesizer system along with a Tascam 85 -16B multitrack machine, 
which utilizes dbx noise reduction, a Tascam M -15 -B console, a dual keyboard Sequential Circuits Prophet 10, a Lexicon 
Model 200 digital reverb, and a Sony PCM -F1 digital two -track recorder for mixdowns. The facility also offers a digital effects 
library which Schaffer has named "Real Sounds," consisting of musical notes and figures stored on floppy disk ready to load and 
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play on a computer connected keyboard, with a 25 kHz bandwidth. The library also is said to cut costs and offers a great variety of 

sounds, in addition to giving producers enormous flexibility for replacing or repairing tracks by enabling quick and easy 

synchronization in video or film work.3524 West End Avenue, Nashville, TN 37205 (605) 

269 -5296. 
THE CASTLE RECORDING STUDIO (Franklin, Tennessee) now offers a keyboard - 

synthesizer room for audio pre- and post -production. Complimenting the existing Yamaha 
DX -7 and DX -1 is a new Fairlight CMI Series IIX digital synthesizer with, a Jupiter 8 

synthesizer, Simmons drums and SDS 6 sequencer, Oberheim DMX drum machine, 
Roland TR808 drum machine, and a Yamaha RM1608 console linked to a Studer A80 
MkIII. According to owner Joseph Nuyens, the room, designed and built by staff personnel, 
was established mainly for production and publishing of demos in conjuction with Castle 
Productions and Five Tower, a division of Castle Publishing. "The new synthesizer room 
makes demos easier for the artist," Nuyens says, "and it gives our clients an alternative to the 

main studio, which lately is pretty booked." In addition to equipment upgrades, new staff 
acquisitions include Chuck Ainly as chief engineer, Keith Odle as second enginner, Giles Reaves as synthesizer programmer/ - 
engineer, and Tommy Dirsey as synthesizer programmer /arranger. Old Hillsboro Road, Route 11, Franklin, TN 37064 (615) 

791 -0810. 
HOYT & WALKER PRODUCTIONS (Little Rock, Arkansas) has opened a new eight -track facility designed specifically for 

broadcast production. The equipment list includes a custom Neotek Series I console, Otani MX5050 eight -track recorder with 
dbx, autolocate and remote, an Otani MTR -10, and Valley People Gain Brain and Kepex processors, Orban compressor and 

de- esser, EXR EXIV psychoacoustic enhancer, Eventide 949 Harmonizer, Symetrix telephone patch, Fostex and Auratone 
monitors powered by QSC and NAD amps, Lexicon Model 200 digital reverb, and micro- 
phones which include Neumann U -87s and EV RE20s. The facility, which was designed by 

Steve Blake of PRS, Boston, measures as follows: control room - 18 by 20 feet; and studio - 15 by 20 feet. According to business manager Jeff Hoty, the "Live- end /Dead -end" -type 
studio design is said to be the first in Little Rock. "Comments from local broadcast producers 
have been astonishing," Hoyt notes. "Their commercials now have a cleanliness and a 'bite' 
that really make them stand out on the air." 3422 Old Cantrell Road, Little Rock AK 72202 

(501) 661 -1765. 

SOUND STAGE RECORDING STUDIOS (Nashville) has installed two Mitsubishi 
X -800 32- channel digital recorders, according to president Ron Kerr. Says MCA - Nashville 
president Jimmy Bowen, who has worked at the Sound Stage's second room, The Back- 
stage, for a number of years, "I had the opportunity to use both the Mistubishi and the Sony 

multitracks while on the West Coast, and have recently recorded a couple of projects on the 3M DMS. I found the operation of the 

X -800 transport to be more efficient than the 3M, and much closer to the feel of an analog recorder. Our decision to commit to 

Mitsubishi was also based on its full 32 -track capability and sound quality." he added. "We plan to use the X -800s on all projects from 
now on, and I am encouraging other producers that MCA works with to do the same." The first Mistubishi was delivered in early 
January, and began its recording chores almost immediately at Emerald Studios, on a project with vocalist Reba Mclntre. The 

sessions are being produced by Bowen with the assistance of engineer Ron Treat. The second unit arrived shortly thereafter, and 

was also put to service on Bellamy Brothers projects at The Castle, Nashville. After the completion of these projects, one of the 

decks will return to The Sound Stage for in -house sessions, while the other will float for a while among Bowen's Nashville -area 

projects. The acquisition also means that Sound Stage will be able to join New York's Clinton Studios and San Francisco area's 

Fantasy Studios in offering 64 -track digital recording. 10 Music Circle South, Nashville, TN 37203 (615) 256 -2676. 

WORD OF FAITH TELEVISION MINISTRIES (Dallas) has installed a 40 -input SSL 6000E Series Stereo Video System, 
reportedly the first in Texas according to president Robert Tilton. The facility, utilizing its own satellite facilities to distribute 
closed- circuit programming to over 1,200 churches in the U.S., says that the system is capable of handling up to 80 simultaneous 
inputs, and is equipped with SSL's Studio Computer Integral Synchronizer, and Master Transport Selector. This configuration 
claims to provide dynamic dynamic mixing automation as well as complete machine control over the facility's complement of Otani 
MTR 90 and MTR 12C audio and Ampex VPR -3 video transports. The facility's SSL 6000E is also fitted with Total Recall to 

facilitate changeover between live- and post -production projects. P.O. Box 819000 Dallas, TX 75381. 

MUSIC RESOURCES - new synth studio 

H &W - broadcast eight -track studio 

Northern California: 
THE BANQUET STUDIOS (Santa Rosa) recently added a UREI 521 electronic crossover and additional power amps by 

Nikko and SAE to bi -amp its JBL 4430 monitors to provide a tighter -end response and additional headroom (250W /side low end 

and 125W /side top end). The facility has also mounted an additional pair of JBL L -112s in a closer field array for a third monitoring 
perspective. 540 B East Todd Road, Santa Rosa, CA 95407. 

BEAR WEST STUDIOS (San Francisco) has remodeled and upgraded its 24 -track and 16 -track recording facilities with a 

redesigned control room and monitor system. Studio A features a new 28 -input Sound Workshop Series 34 console to 

accompany the MCI 24 -track recorder, and MCI and Ampex two -track mastering recorders. New outboard gear includes a 

Lexicon 224XL digital reverb and PCM -41 digital delay. Studio B, a 16 -track room, has been outfitted with a Tascam M -520 

console and a one -inch Tascam recorder. In addition to remodeling the building and studio interiors, Bear West has added an 

upstairs lounge. Also recently added to the staff as assistant manager is Fran Feldstein, who was formerly night manager at 

Record Plant Studios in New York, and The Automat, San Francsico. 915 Howard Street, San Francisco, CA 94103 (415)453-2/ 25. 

Australia: 
AUSTRALIA BROADCASTING CORPORATION (Sydney, Australia) has placed an order for 46 Otani MTR -10 two - 

tracks for use in its production areas in Melbourne and Adelaide. Australian distributor Klarion Enterprises reports that some of 

the Otani MTR -10s will also be used in the ABC's new Radio Australia complex in the Melbourne suburb of Burwood. In addition, 
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the ABC has also recently purchased over 170 Otani MX -5050 full -track recorders for use in both radio and television facilities 
throughout Australia. Sydney, Australia. 

Quebec. 
McLEAN HANNAH STUDIOS LTD. (Hamilton) has added an new Tascam 85 -16B 16 -track tape machiné to its existing 

eight -track studio. The machine will be linked to a Synchronous Technologies SMPL System, a timecode -based computer 
editing system said to be the first mating of such equipment in Canada. Company owners Dan McLean and Paul Hannah say that 
the studios produce radio and television commercials, industrial presentations, album and seven -inch projects, and audio -for -video 
works. 154 Sanford Avenue, Hamilton, Ontoario, Canada L8L 525 (416) 526 -0690. 

AMBER STUDIOS (Toronto, Canada) has added a Mistubishi X -800 32- channel 
recorder, reportedly the first digital multitrack at a Canadian facility. "The trend in Canada has 
been, for more successful acts, to do substantial recording and mixing in New York or Los 
Angeles, because of limited availability of advanced recording equipment in Canada," explains 
owner George Semkiw. (pictured here with Tore Nordahl and George Eschweiler of GERR 
Electro, representatives of DEC in Toronto). "Now that Amber has the latest in digital audio 
recording systems, I am sure we are about to reverse that trend. All of the major Canadian 
studios have been sitting back with a 'wait- and -see -attitude' about digital audio recording 
system. But before committing to digital recorders, we considered installing a newer and 
bigger analog console, but after thorough technical and operational evaluation, I concluded 
that the Mistubishi digital recorders would provide us with more versatility, much improved AMBER - new M;stubishi digital X -80) 

sound performance, 32 tracks and much greater competitve edge in the marketplace." The facility's monitor design is by George 
Augspurger, containing JBL components in a three -way system with extended low- frequency response. Toronto, Canada (416) 
868 -0528. 

United Kingdom: 
STEWART COPELAND (England), drummer The Police, recently purchased a Harrison MR -4 console for his personal -use 

24 -track studio. His decision to purchase a Harrsion board was said to have been made after experience with a number of Harrison 
mixing consoles in America during recent tours, and most recently, at Surrey Sound Studios, which were the first commercial 
studio in the U.K. to re -equip with the MR -4. 

To be included in future issues of "Studio Update," send details of equipment, services, 
and personnel changes to R -e1p, P.O. Box 2449, Hollywood, CA 90078. 

A WORLD CLASS 
SOURCE FOR 
PRESTIGE 
EQUIPMENT 

Ocean Audio is a world class source for prestige used 
equipment. We carry an extensive inventory - from rare 
condenser microphones to top-of-the-line automated consoles. 
Because we buy our equipment from a worldwide network, our 
inventory consists of the most desirable equipment at the most 
competitive prices. 

We are more than brokers who simply "list" availabilities: 
we purchase and stock much of the equipment we sell. 

You owe it to yourself to check with us before you make that 
expensive equipment purchase. We can help you beat the high 
cost of high tech. 

Contact us now for that specific piece you want to buy or sell. 

Ocean Audio International 
A World Class Source for Prestige Equipment 

Tel: (213) 454 -6043 

Telex: 316706 OCEANAUDIO - 
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CASSETTE DUPLICATION 

A CRITIQUE OF AUDIO 
COMPACT CASSETTE HOUSINGS 

Five Important Parameters 
to be Considered When Selecting 
Materials for Tape Duplication 

by Robert L. Piselli 

It is common knowledge that the 
use of audio Compact Cassettes 
has grown in recent years, beyond 

the popularity of the LP record. The 
cassette's portability, compactness, 
and ease of use are a few of the rea- 
sons that account for this tremendous 
growth; audio cassette tape has come 
a long way since the early days of the 
Sixties when Philips first introduced 
the Compact Cassette format in 
Europe. Enormous sums of money 
have been spent on research and 
development by various tape manu- 
facturers - literally millions of dol- 
lars have been poured into tape for- 
mulas, oxides, and binder systems 
that attach the dispersion to its car- 
rier, commonly referred to as the 
Figure 1: Tape Azimuth Error. 

90' 

polyester film. Today's tape formulas 
of chromium dioxide, and cobalt - 
doped ferrics by far exceed the quality 
performance originally intended by 
its inventor. Even high -speed tape 
duplicating systems used by the major 
record labels are now capable of 
recording high frequencies up to 18 to 
20 kHz. In terms of the audio quality 
delivered to the consumer, it is fair to 
say that the majority of improve- 
ments have resulted from enhance- 
ments in both tape and professional 
high -speed duplicating systems. 

But what about the cassette hous- 
ing itself? After all, the tape, advanced 
recording techniques, and the plastic 
cassette housing are integral parts of 
the finished product. If a high -quality 

-the Author - 
Bob Piselli is the southeastern regional 
sales manager of IPS, Inc., a supplier of both 
audio and video cassettes. Prior to joining 
IPS, Piselli served for seven years as national 
sales manager of professional products at 
BASF. 

Figure 2: Locations of guide pins in a Compact Cassette housing. 

Plastic Molded Roller 
Guide l'in 
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Left and Right 
Guide Pins 

tape is used in a poor -quality cassette 
housing, it will yield much the same 
results as a poor -quality tape in a 
high -quality housing. This article will 
consider some of the factors affecting 
the performance of a plastic -molded 
audio cassette housing. 

Azimuth /Tape Alignment 
Azimuth and tape alignmemt are, 

by far, the most important parame- 
ters in the reproduction of high - 
frequency information; a useful defi- 
nition of azimuth would be "the 
physical position of the tape head gap 
in relation to the magnetic lines of 
force on the tape." Ideally, the repro- 
duce head gap should be set at 90 
degrees to the magnetic print on the 
tape (Figure 1). Important elements 
influencing tape azimuth alignment 
in the cassette housing are the left 
and right guide pins, as illustrated in 
Figure 2. If these plastic pins are not 
molded perpendicular to the horizon- 
tal plane of the cassette housing, the 
tape, as it travels across the head, will 
skew or literally move across the head 
at an angle other than 90 degrees 
(Figure 3). Depending upon the 
amount of skewing, the loss of high - 
frequency output can be as much as 12 
dB. (Tests have shown that an azi- 
muth error of 0.2 degrees will result in 
a 12 dB drop at 15 kHz.) 

To dramatize this effect, use an 
open reel -to -reel tape recorder and 
record a 15 kHz signal. While moni- 
toring the playback output on a VU 
meter, place your forefinger against 
the oxide surface of the tape at a 90- 
degree vertical axis to the tape path. 
Figure 3: Tape Skew resulting 
from misaligned guide pins. 

Tape Direction 

Straight Pin 

I ape Dir., u(m 

tilanling Pin 

Angle of 
Frror 

Figure 4: Roller Guide "Wobble... 



- andberg's rew Series TCD 900 
ie a superior and cost- efficient 
alernatiwe to he (unprofessioral) 
p-actice of using inferior home 
t=_pe decks foi Professional 
aoplicat ons -heEe new 
P-ofession3I Cassette Decks oler 
unparalleled sound capability, 
advanced mechanical and 
electron c desgn, plus 
e:traordinary control flexibility 
based on an 8-Bit microprocessor 
yr th 32K o' EPROM memory. 
These are the type of quality 
products for which Tandberg is 
well known, and we designed 
and built it keeping with the 
company's mcre than 50 -year 
reputation for quality, performance 
and long -term owner loyalty. 

TCD 910 
Master Cassette Recorder 
TCD 9t0 is designed to replace 
both reel -to -reel and cartridge 
machines In many applications, 
and is capable of producing 
tapes at sound and silence levels 
beyond that required by broadcast 
and studio requirements. 
Combined with its extremely 

accurate real time counter and 
sophisticated autolocator functiors, 
this machine is truly a multipurpose 
cassette recorder. 

Features include: 
High arec sion, rugged 4 motor 
tape transport with direct load, 
instart access cassette 
positioning. 
Discrete three head system with 
built -in record azimuth 
adjustment is combined witn 
Tandberg's proprietory Active 
Phase Correction Circuitry, 
exclusive discrete, wide band 
electronics, plus the highly 
regarded Actilinear II and Dynec 
systems. In addition, the latest 
generation Dolby B and C noise 
reduction processors are utilized. 
All audio circuitry uses high 
spec polypropylene capacitors 
and metal film resistors. 
Built -in autolocator with 10 cue 
points in real time, auto cut 
search and cue /review. 
Auto stop and /or rewind after cut. 
Electronically balanced XLR 
input/output connectors. 
Front panel bias and record 

current adjustment, with built -in 
osci lators 
Optional RS 232 compu-er 
in-erface, infrared wireless and 
harc wire remote with facer start. 
Wide range o- options and 
accessories. 

TCD 911 
Cassette Playback Deck 
-ha TCD 911 ofers the same 
qua ity of construction anc design 
as the TCD 910 Its special 
features include: 

Playback pitch control. 
External playback azimuth 
control, for optimum performance 
from any pre -recorded cassette. 

In a multi -deck studio situation, 
the TCD 910, combined with the 
TCD 911, makes for the ideal match 
of performance, reliability and price. 

TANDBERG 
TCD 900 SERIES 
PROFESSIONAL 
CASSETTE DECKS 

TANDBERG OF AMERICA 
Professional Products Division One Labriola Court P 0 Box 58 Armonk. NY 10504 (914) 273 -9150 
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Apply a small amount of pressure 
against the tape and move your finger 
around that vertical axis. Note the 
level change on the VU meter. This 
same principle applies to the guide 
pins in the cassette housing. 

Roller Guides 
Of equal importance in controlling 

azimuth and tape alignment are the 
roller guides. Most manufacturers of 
cassette housings utilize steel pins for 
the roller -guide axis. Such steel pins 
are inserted by pressure fit into one - 
half of the housing, and the roller 
guides then inserted onto the approp- 
riate pins. Until recently, it has been 
determined that the runout, or diame- 
ter difference, between the roller guide 
and the steel pin have caused serious 
azimuth errors. Referring to Figure 4, 
the roller guide, due to these differen- 
ces in the axis runout, creates a "wob- 
ble" effect of the guide itself. The 
molding tolerance of a steel pin roller 
guide is very difficult to maintain 
because of its small size opening. 
Recently, it has been determined that 
molding a roller guide with a larger 
opening, and supporting it with a 
plastic pin, will reduce azimuth errors 

Figure 5: Differences in appearance between steel axis pin and 
roller (left) and plastic molded roller guide and axis pin (right). 

considerably. Bear in mind that this 
plastic pin is now molded into the 
cassette housing, just like the guide 
pins, so that perpendicularity of the 
axis is assured, and the roller guide 
itself has a larger axis hold reducing 
molding dimensional variances (Fig- 
ure 5). 

When Your Reputation Depends On It, 
There's Only One Choice ... . 

IAN COMMUNICATIONS GROUP, INC. 
Cassette, Open Reel, & Video Tape Duplications 

Otari MTR- I 0 Mastering, Dolby HX -Pro, 
Digital Mastering! 
Otari DP -7000 Duplication 
In -House Printing & Packaging 

Full Line of Studio Supplies 

Agfa & 3M Audio Video Tapes 

Coll us. You should hear what 
you're missing! 

ran 

*7' 

Communications Group, Inc. 
I O Upton Drive Wilmington, MA 01887 1617i 658-3700 
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A very simple test to determine 
runout of a cassette's roller guide, is to 
fast forward or rewind the cassette. 
The chattering noise heard during 
high -speed winding is related, in most 
cases, to the roller guide wobbling on 
its axis. This effect, in turn, will con- 
tribute to aximuth errors during nor- 
mal play speed. 

Pressure Pad 
Another component affecting the 

performance of a cassette is the pres- 
sure pad which, because it exerts force 
and ensures intimate head -to -tape 
contact, is essential for good high - 
frequency response. The most impor- 
tant function of the pressure pad is 
that there be sufficient play in its 
movement to allow it to self -seat. By 
seating correctly, an evenly distrib- 
uted pressure is applied as the pad 
contacts the wide variety of head 
shapes in use today. Because of the 
various head configurations used on 
many different cassette players, a 
large pressure pad is desirable, to 
more evenly distribute this pressure 
over a larger area. 

Cassette Moulding and Liner 
Of course, the guide pins, roller 

guides, and pressure pad all contrib- 
ute to improved azimuth alignment 
and tape guidance. But of greater 
importance are the two molded halves 
of the cassette housing itself. The type 
of plastic used must withstand 
temperatures of up to 80 to 85 °C, 
without warping, for a period of not 
less than 24 hours. (After all, the 



temperature in an automobile, with 
the windows closed and in the heat of 
summer, can reach as high as 160 °F.) 
If warpage of the cassette occurs, 
misalignment will result due to the 
deformed contact points between the 
housing and the recorder player itself. 
Thus, the head -to -tape contact 
becomes misaligned, not to mention 
jamming of the tape, which will occur 
during play, fast -forward, or rewind 
modes. 

The last item of importance that 
ensures proper operation of the cas- 
sette is the liner, also referred to as the 
"slip sheet." The liner is a thin piece of 
plastic film, or paper, inserted into 
each half of the cassette housing, with 
the supply and take -up hubs sand- 
wiched between each liner. The liner's 
function is to exert a slight pressure to 
the edges of the tape during the play, 
rewind or fast forward modes; this 
edge pressure guides the tape onto the 
hub, resulting in a smooth, even wind. 

Some of the most commonly used 
liners are: Polyolifin; paper impreg- 
nated with graphite; PVC coated with 
graphite; and uncoated PVC (clear). 

It is debatable as to which type of 
liner is most effective; however, the 
configuration of the liner, not the 
material, has proved to be of greater 
importance. Rather than having a 
flat, smooth surface, the liner is 
crimped in two opposite directions 
along its length. If viewed from a 
cross section, the liner would appear 
to look like the letter "Z "; thus, the 
name "Z liner" is given. The crimping 
gives the liner a spring effect, creat- 
ing a gentle, more efficient guiding 
action onto the edges of the tape, 
resulting in a superior wind. 

The criteria listed above are just a 
few of the important developments 
made in recent years to provide the 
end user with an efficient, smooth 
operating cassette housing. 

As molding techniques improve 
and the materials used refined, the 
quality of the cassette performance 
will continue. The record industry, 
together with the manufacturers of 
blank tapes, have made significant 
progress toward the development of 
audio cassettes. Teams of engineers 
meet on a regular basis to discuss new 
ideas and how to implement them into 
the manufacturing process. Without 
this consciencious effort on the part of 
the manufacturer, there is little doubt 
that the audio cassette would not be 
as popular as it is today. 

Send For Your Free Copy 
Of This Brochure Before 

You Have Any More 
Cassettes Duplicated 

You really owe it yourself and to your budget to find out how competitive Eva -Tone can 
be on your next audio cassette order. 

We're the people who've been producing high quality, low cost Soundsheets for more 
than 20 years. Now we've added high speed, high quality audio cassette duplication to 
our line, along with custom printing, complete mailing services -- even computer list 
maintenance for qualified customers. 

Your copy of "Cassette Talk" has everything you need to know to help you make an 
ordering decision. Information on tape, shells, labeling, shrink wrapping and pricing. And 
of course you can call or write your Eva -Tone representative for answers to any other 
question you may have. 

If you want an answer faster than through the mail, call us toll -free at 
1- 800 -EVA -TONE. (In Florida call 813 -577 -7000.) You're going to like what you hear. 

TELL ME MORE ABOUT EVA -TONE: 
Cassettes Soundsheets O Printing 7 Mailing 

NAME: 

ORGANIZATION:_ 

ADDRESS: 

CITY /STATE /ZIP: 
MAIL TO 

TITLE: 

PHONE: 

`M1TIEME CBIARWATERF FLORIDA 33518-7020 LE 8-7020 RE/P2-3/85 

THE LEADING SOURCE FOR 

RECORDING 
STYLI 
MASTER 
RECORDS 

r * 
CASSETTES 

COMPLETE 
TECHNICAL 
SUPPORT 

_71 

Largest Manufacturer of 
Recording Styli...World Wide. 
Over 70% of U.S. Studios 
Use Micro -Point Styli and 
Lacquers. Leader in Research 
and Development to Improve 
Mastering Quality by Matching 
Styli to Lacquers. 

Full Line of C -O Cassettes 
and Cassette Boxes From 
Duplication Grade Sonics, to 
5 -Screw Models, to Premium, 
Patented Models for 1 to 1 

Duplicating. 

I t I 
Fully Equipped Test Facilities 
to Provide Free Technical 

4).: Support to Assist Customers 
tr...o,.e ^ill- as With Disc Mastering and 

- Cassette Product Questions. 

/u111C(20O =(OO II1Jir III1C 

45 Kensico Drive, Mt. Kisco, New York 10549 (914) 241 -4439 Telex 353664 
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liEl IHNI ,`LLYV 
The R -e /p Buyer's Guide 

of Cutting and 

Mechanical Services 

MASTERING PRESSING 

TAPE DUPLICATION 

PACKAGING 

Northeast: 

AAA RECORDING STUDIO 
130 W 42nd St.. Rm 552 
New York. NY 10036 
(212) 221 -6626 DM. PL. PR. PK 

ANGEL SOUND 
1576 Broadway 
New York. NY 10036 
(2121 765-7460 TD 

APON RECORD CO.. INC 
P.O . Box 3082 Steinway Station 
Long Island City. NY 11103 
(718) 721 -5599 DM. TD. PL, PR, PK 

ASR RECORDING SERVICES 
21 Harristown Rd, Glen Rock. NJ 07452 
201) 652 -5600 TD. PK 

AUDIO DIGITAL INC 
12 Long Island Ave. 
Holtsville. NY 11742 
(5161289 -3033 TD 

BEE -VEE SOUND. INC. 
211 East 43rd St . #603 
New York. NY 10017 
(2121949 -9170 TD 

BESTWAY PRODUCTS. INC. 
1105 Globe Ave 
Mountainside. NJ 07092 
(201) 232-8383 PR. PK 

BURLINGTON AUDIO TAPES. INC. 
106 Mott St. 
Oceanside. NY 11572 
(516) 678 -4414 TD 

DICK CHARLES RECORDING 
130 W. 42nd St. #1106 
New York. NY 10036 
(2121 819-0920 DM. TD 

COOK LABORATORIES, INC. 
375 Ely Ave 
Norwalk, CT 06854 
(203) 853-3641 DM. TD. PL. PR, PK 

R -e /p's Unique Directory Listing of 
Disk Cutting and Tape Duplicating 
Services - the kind of services all 
recording and production facilities 
require as the "Final Stage" in the 
preparation of marketable audio 
product. 

Key to Services: 
DM = Disk Mastering 
TO = Tape Duplication 
PL = Plating 
PR = Pressing 
PK = Packaging 
CD = CD Preparation 

To be included in the next edition of 

"The Final Stage" send details to Rhonda 
Kohler. RECORDING Engineer/ 
Producer. P.O. Box 2449. Hollywood, 
CA 90078. (213) 467 -1111. 

We Listened To You... 
For years. through our customers and market research. we have been listening in 
order to find out what you like and what you dislike about your tape duplicating equip- 
ment (ours or theirs) and to know what features you would include in the tape dupli- 
cator of your dreams. 

Name 

Address 

Phone 

The result is the 7000 Series by Magnefax 

but don't take our word for it. 

Listen To Us 
mogAe f Company 

State Zip Intemahonal. Inc 

Route I, Rogers. AR 72756 
15011925 -1818 TELEX 53 -6433 AIDC LRK 

To discover the new Magnef.a, send for the whole story and a demo cassias. 

oX 
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CREST RECORDS. INC 
220 Broadway 
Huntington Station. NY 11747 
(800) 645 -5318 DM. TD. PL. PR. PK 

CRYSTAL CITY TAPE DUPLICATORS. INC 
48 Stewart Ave. 
Huntington. NY 11743 
1516) 421 -0222 TD 

CUE RECORDINGS. INC. 
1156 Ave of Americas 
New York. NY 10036 
(212) 921 -9221 TD 

THE CUTTING EDGE 
P 0 Box 217 
Ferndale. NY 12734 
(914) 292 -5965 DM. TD. PL. PR. PK 

DIGITAL BY DICKINSON 
Box 547. 9 Westinghouse Plaza 
Bloomfield. NJ 07003 
(201) 429 -8996 CD 

Uskiooakers 
RECORD PRESSING 

CASSETTE DUPLICATION 
OH l(t H PH'. ((ST 

CALL TOLL FREE 
1- 800 -468 -9353 

925 N 3rd St.PhIla. PA 19123 

DYNAMIC RECORDING 
2846 Dewey St 
Rochester. NY 14616 
1716) 621-6270 TO, PR 

Eastern Standard Productions. Inc. 
26 Baxter Street. Buffalo. NY 14207 

AUDIOPHILE CALIBRE 
REAL TIME CASSETTE DUPLICATING 

COMPREHENSIVE PACKAGING 
COMPETITIVE PRICING 

(716) 876 -1454 

EUROPADISK!L°TD. 
EuropadiSK LId 75 Vaics S:'eet New Vora NY IOU' 

Audiophile pressing 
Exclusively on imported 

TELDEC vinyl 
Licensed for DMM Central 

Plating and Pressing 

EXECUTIVE RECORDING. LTD 
300 W 55th St. 
New York. NY 10019 
(212) 247-7434 DM 

Irrr PHILADELPHIA 

NEW YORK 

FRANK FORD/ WAYNE 

Mr MASTERING LABS 

Computerized Disc Mastering 

(215)561 -1794 (212)582 -5473 

FRANKFORD/WAYNE MASTERING LABS. INC. 
134 N 12th St 
Philadelphia. PA 19107 
12151561-1794 DM. PR 



aGFa 
magnetite 12 4:7 

Agfa Magnetite 12 cassette duplicating tape delivers true master quality sound. Outstanding 
high and low output combines with the lowest noise floor available to provide unmatched 
versatility and tremendous enhancement capabilities. Magnetite 12 fulfills the needs of the most 
demanding master. You spend too much time perfecting your master recording to trust its 
sound to an unfaithful cassette duplicating tape. 

Trust Agfa Magnetite 12. 
It gives as gooci as it gets. For additional information circle #87 AGFA 

AUDIO 
AGFA- GEVAERT MAGNETIC TAPE DIVISION, 275 NORTH STREET, TETERBORO, NJ 07608 (201) 288 -4100 



FORGE RECORDING STUDIOS. INC. 
P.0 Box 861 
Valley Forge. PA 19481 
12151644- 3266. 935 -1422 TD 

GEORGE HEID 

PRODUCTIONS 

(412) 561 -3399 

Otan Mastering and Bin Loop 
duplication. AGFA 611, 612. 

Magnetite and 627 
BASF True Chrome Pro II 

Were dedicated to the finest 
stereo duplication at truly 

competitive prices 

HUB -SERVALL RECORD MFG. 
Cranbury Rd 
Cranbury. NJ 08512 
(6091 655-2166 PL. PR 

IAN COMMUNICATIONS GROUP. INC 
10 Upton Drive 
Wilmington. MA 01887 
(6171658 -3700 TD 

MARK CUSTOM RECORDING SERVICE 
10815 Bodine Rd. 
Clarence. NY 14031 
17161 659 -2600 DM. TD. PR. PL, PK 

MASTER CUTTING ROOM 
321 W. 44th St. 
New York. NY 10036 
(212) 581 -6505 DM 

MASTERDISK CORPORATION 
16 West 61st St. 
New York. NY 10023 
(212) 541 -5022 DM 

PRC RECORDING COMPANY 
422 Madison Ave 
New York. NY 10017 
(212) 308-2300 DM. PL. PR. PK 

HHiCINNALSTAGE 
PETER PAN INDUSTRIES 
145 Kormorn St. 
Newark. NJ 07105 
(201) 344 -4214 DM. PR 

OUIK CASSETTE CORP 
250 W. 57th St.. Rm 1400 
New York. NY 10019 
1212) 977-4411 TD 

RESOLUTION. INC. 
1 Mill St. - The Chace Mill 
Burlington. VT 05401 
(802) 862-8881 TD. PK 

SOUND TECHNIQUE. INC. 
130 W 42nd St 
New York. NY 10036 
(2121 869 -1323 DM 

PL 

SPECTRUM MAGNETICS. INC. 

1770 Lincoln Highway. East 

P.O. Box 218 
Lancaster. PA 17603 

(717) 296 -9275 TD. PK 

Toll -Free 800 -441 -8854 
BASF CHROME a specialty 

Your audio cassette 
company! 

SUNSHINE SOUND. INC. 
1650 Broadway 
New York. NY 10019 
(2121 582-6227 DM, PL 

TRACY -VAL CORPORATION 
201 Linden Ave. 
Somerdale. NJ 08083 
(6091 627-3000 PL 

LL 
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TRUTONE RECORDS 

163 Terrace St. 

Haworth. NJ 07641 
(201) 385 -0940 

State of the art Neumann or Wes - 
trex disk mastering labs, featuring 
creative engineering, outstanding 
service, competitive pricing. Top 
quality record production packages 

also available. 

VARIETY RECORDING STUDIO 
130 W. 42nd St., Rm. 551 
New York. NY 10036 
(2121 221 -6625 DM. PL. PR. PK 

VIRTUE RECORDING STUDIOS 
1618 N. Broad St. 
Philadelphia. PA 9121 
(2151 763 -2825 DM. TD. PL. PR 

East /Southeast: 

ALPHA RECORDS 
1400 N.W. 65th Ave.. Plantation 
Fort Lauderdale. FL 
305 -587 -6011 PL. PR. PK 

AMERICAN MULTIMEDIA 
Route 8. Box 215 -A 
Burlington. NC 27215 
(9191 229-5559 TD 

PAT APPLESON STUDIOS INC. 
1000 N.W. 159th Drive. 
Miami. FL 33169 
(305) 625-4435 DM. TD. PL. PR. PK 

COMMERCIAL AUDIO 
77 S. Witchduck Rd. 
Virginia Beach. VA 23462 
(804) 497-6506 TD 

CUSTOM RECORDING AND SOUND. INC. 
1225 Pendleton St., P.O. Box 7647 
Greenville. SC 29610 
(302) 269 -5018 TD 

EVA-TONE SOUNDSHEETS. INC. 
P.O. Box 7020 
Clearwater, FL 33518 
In Florida. (813) 577 -7000 
(800) EVA -TONE DM. TD. PL, PR, PK 

GEORGIA RECORD PRESSING 
262 Rio Circle 
Decatur. GA 30030 
(404) 373-2673 PR. PK 

MAGNETIX CORPORATION 
770 West Bay St. 
Winter Garden. FL 32787 
(305) 656-4494 TD. PK 

MIAMI TAPE. INC. 
8180 N.W. 103 St. 
Hialeah Gardens. FL 33016 
(305) 558 -9211 TD. DM. PR, PL. PK 

NATIONAL CASSETTE SERVICES 
613 N. Commerce Ave.. P.O. Box 99 
Front Royal, VA 22630 
1703) 635-4181 TD, PK 

PROGRESSIVE MUSIC STUDIOS 
2116 Southview Ave. 
Tampa. FL 33606 
(813)251 -8n`3 TD. PK 

South entrai: 
A&R RECORD 8 TAPE MANUFACTURING 
902 N. Industrial Blvd. 
Dallas. TX 75207 
(2141 741 -2027 DM, TD. PL. PR, PK 

ARDENT MASTERING. INC. 
2000 Madison Ave. 
Memphis. TN 38104 
(901) 725 -0855 DM 

CASSETTE CONNECTION 
41 Music Square East 
Nashville. TN 37203 
(615) 248-3131 TD 



MANNY'S 

PROFESSIONAL AUDIO 

DIVISION 

NEW YORK CITY'S LARGEST MUSIC DEALER HAS 
EXPANDED TO INCLUDE A FULLY OPERATIONAL PRO 

AUDIO DIVISION. COMPLETE WITH DEMONSTRATION 
FACILITIES AND OUR SPECIALIZED SALES STAFF, WE 
CAN ASSIST YOU IN SELECTING ANYTHING FROM 
MICROPHONES TO A COMPLETE MULTI -TRACK 
RECORDING STUDIO. WE SHIP WORLDWIDE. WE'RE 

JUST A PHONE CALL AWAY. 

MANNY'S MUSIC 

156 WEST 48th STREET 
NYC, NY 10036 
212 819 -0576 

For additional information circle x+89 



Tihk-FINNIALy ` 
CREATIVE SOUND PRODUCTIONS 
9000 Southwest Freeway. Suite 320 
Houston. TX 77074 
(7131777 -9975 TD 

DISC MASTERING, INC. 
30 Music Square West 
Nashville. TN 37203 
16151254 -8825 DM 

DUPLI- TAPES. INC. 
4545 Bissonnet. Suite 104 
Bellaire. TX 77401 
17131432.0435 TD 

HIX RECORDING CO. INC. 
1611 Herring Ave. 
Waco. TX 76708 
(817) 756 -5303 

MASTERCRAFT RECORDING CORP. 
437 N. Cleveland 
Memphis. TN 38104 
(9011 274-2100 DM 

MASTERFONICS 
28 Music Square East 
Nashville. TN 37203 
(6151 327-4533 DM. CD 

MUSIC SQUARE MFG. CO. 
50 Music Square West. Suite 205 
Nashville. TN 37203 
(6151242 -1427 CD, DM. TD. PR. PL. PK 

NASHVILLE RECORD PRODUCTIONS 
469 Chestnut St. 
Nashville. TN 37203 
(6151 259-4200 TD. DM. PK. PL. PR 

TRUSTY TUNESHOP RECORDING STUDIO 
Rt. 1. Box 100 
Nebo. KY 42441 
(5021249 -3194 TD 

¡skakers 
*SEND FOR OUR PRICE LIST. 

RECORD 
PRESSING 

We press 7" and 12" r 
records. 

CASSETTE, 
DUPLICATION 

High speed dupli- 
cation saves you 
money. 

Custom leaded 
blanks at factory 
direct prices. 

12" jackets always in 
stock. White, blue, red 
and black. 

Large & small 
quantities duplicated. 

DISKMAKERS INC. Philadelphia Plant 
925 North 3rd Street, Philadelphia, Pa 19123 
212 -966 -3185 215- 627 -2277 

CALL TOLL FREE 1- 800 -468 -9353 
K-e I 22 C February 1 41ta5 
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Midwest: 

A &F MUSIC SERVICES 
2834 Otego 
Pontiac. MI 48054 
13131682.9025 TD 

AARD -VARK RECORDING. INC. 
335 S. Jefferson 
Springfield. MO 65806 
(4171866 -4104 TD. PK 

ACME RECORDING STUDIOS 
3821 N. Southport 
Chicago. IL 60613 
13121 477-7333 TD, PK 

ARC ELECTRONIC SERVICES 
2557 Knapp N.E. 
Grand Rapids. MI 49505 
(6161364.0022 TD 

AUDIO ACCESSORIES CO. 
38W515 Deerpath Rd. 
Batavia. IL 60510 
(3121 879-5998 TD. PK 

AUDIO GRAPHICS 
13801 E. 35th St. 
Independence. MO 64055 
18161254 -0400 TD. PK 

BODDIE RECORD MFG. & RECORDING 
12202 Union Ave. 
Cleveland. OH 44105 
(2161 752-3440 DM. TD. PL. PR 

ELEPHANT RECORDING STUDIOS 
21206 Gratiot Ave. 
East Detroit. MI 48021 
(313) 773-9386 TD 

HANF RECORDING STUDIOS. INC. 
1825 Sylvania Ave. 
Toledo. OH 43613 
14191474 -5793 TD 

INDUSTRIAL AUDIO. INC. 
6228 Oakton 
Morton Grove. IL 60053 
(3121965 -8400 TD 

JRC ALBUM PRODUCTIONS 
1594 Kinney Ave. 
Cincinnati. OH 45231 
(5131 522-9336 DM. PR. PK 

KIDERIAN RECORDS PROD. 
4926 W. Gunnison 
Chicago. IL 60630 
(3121 399-5535 DM. TD. PL. PR, PK 

MAGNETIC STUDIOS. INC. 
4784 N. High St. 
Columbus. OH 43214 
(614) 262-8607 TD 

MEDIA INTERNATIONAL. INC. 
247 E. Ontario 
Chicago. IL 60611 
(3121 467-5430 TO. PK 

MIDWEST CUSTOM RECORD PRESSING CO. 
P.O. Box 92 
Arnold. MO 63010 
(314) 464-3013 TD. PL. PR. PK 

MUSICOL. INC. 
780 Oakland Park Ave. 
Columbus. OH 43224 
(614) 267-3133 DM. ID. PR, PK 

NORWEST COMMUNICATIONS 
123 Sount Hough St. 
Barrington, IL 60010 
(312)381.3271 TD 

PRECISION RECORD LABS. LTD. 
932 West 38 Place 
Chicago. IL 60609 
(3121 247-3033 DM. TD. PR. PL. PK 

O.C.A. CUSTOM PRESSING 
2832 Spring Grove Ave. 
Cincinnati. OH 45225 
(5131681 -8400 DM. TD. PL. PR. PK 

RITE RECORD PRODUCTIONS. INC. 
9745 Mangham Drive 
Cincinnati. OH 45215 
15131733 -5533 DM. TD. PL. PR. PK 



RON ROSE PRODUCTIONS 
29277 Southfield Rd 
Southfield. MI 48076 
13131424 -8400 TD 

SOLID SOUND. INC 
P C Box 7611 
Ann Arbor. MI 48107 
13131662 -0669 TD 

STORER PROMOTIONS 
P C. Box 1511 
Cincinnati. OH 45202 
(5131621 -6389 DM. TD. PR. PL. PK 

STUDIO PRESSING SERVICE 
320 Mill St 
Lockland. OH 45215 
15131 793 -4944 TD. DM. PR. PL 

SUMA RECORDING STUDIO 
57C6 Vrooman Rd 
Cleveland OH 44077 
12151951 -3955 DM. TD. PL. PR. PK 

TRIAD PRODUCTIONS 
1910 Ingersoll Ave 
Des Moines. IA 50309 
(5151 243-2125 TD 

Mountain: 

BONNEVILLE MEDIA COMMUNICATIONS 
130 Social Hall Ave 
Salt Lake City. UT 84111 
(801) 237 -2677 TD 

DIGITAL AND 
REAL -TIME CASSETTE 

DUPLICATION BY 

GRD 
FUR IRUE REALISM 
ANf) PURITY PHONE 
602 -252 -0077 

P o BOX 13054 
PHOENIX ARIZONA 85002 

MIPROR IMAGE 
10298 E. Jewell Ave . a45 
Denver. CO 80231 
13031751 -2268 TD 

MOONVALLEY CASSETTE 
10802 N 23rd Ave 
Phoenix. AZ 85029 
16021864 -1980 TD. PK 

RAINBOW CASSETTE STUDIO 
P 0 Box 472 
Taos. NM 87571 
15051776 -2268 TD 

RAINBOW VENTURES STUDIC 
2215 W 32nd Ave 
Denver CO 80211 
1302,1433 -7231 DM. TO PL. PR. PK 

ROCKY MOUNTAIN RECORDING 
8305 Christensen Rd 
Cheyenne. WY 82009 
13071 638 -8733 DM. PL. PP 

SOL NDMARK. LTD. 
4953 -C Nome St. 
Denver. CO 80239 
13021371-3076 TD 

TALKING MACHINE 

6733 N. Black Canyon Highway 

Phoenix. AZ 85015 

16021 246 -4238 DM. PK 

Ortofon Cutting System 
Zuma Computer -Controlled Lathe 
Consumer Digital Formats 
Transferred Direct to Disk 
VHS. Beta. U -Matic Video 

1HHiC-F INMN/',L WAGE 
UNIVERSAL AUDIO SALES CORP 
6540 East Lafayette Blvd 
Scottsdale. AZ 85251 
(6021 994-5528 TD. PM. PK 

Southern California: 

ALSHIRE INTERNATIONAL INC 
1015 Isabel St . P 0 Box 7107 
Burbank. CA 91510 
(2131 849 -4671 DM. TD. PL. PR. PK 

ARTISAN SOUND RECORDERS 
1600 N Wilcox Ave 
Hollywood. CA 90028 
12131461 -2751 DM 

AUDIO CASSETTE DUPLICATORS 
5816 Lankershim Blvd . 147 

North Hollywood CA 91601 
1818) 762-2232 TD 

AUDIO VIDEO CRAFT. INC 
7000 Santa Monica Blvd 
Los Angeles. CA 90038 
1213) 466-6475 TD 

AWARD RECORD MFG . INC. 
5200 W 83rd St 
Los Angeles. CA 90045 
12131645 -2281 DM. TD. PL. PR. PK 

BAMCO RECORDS 
1400 S Citrus Ave 
Fullerton. CA 92633 
(714) 738-4257 PR 

BUZZY S RECORDING SERVICES 
6900 Melrose Ave 
Los Angeles. CA 90038 
(2131931 -1867 TD 

CMS DIGITAL RENTALS. INC 
453 -E Wapello St 
Altadena. CA 91001 
18181797 -3046 CD 

NO NW 
TIME 

VERTIGO BURNISHER AND VERTIGO 
INJECTOR RESTORE ORIGINAL 
PERFORMANCE TO YOUR PATCH BAYS 

VERTIGO 14 TRS AND TT BURNISHERS: 
, rri>al 

(i i:hmq sinkitinns 

VERTIGO 1 /4 "TRS AID TT INJECTORS: 
Ear-h inlecls cleaning solvent to eliminate inlemutlenls 

in breaking contacts (nonrlals) when patch cord has 
tx nrl "ramp rl 

ONLY $29.95 EA. Please write for 

eddtlunal oihiaNlnjl and order loan today. 

VERTIGO RECORDING SERVICES 
12115 Magnolia Blvd. #116 
North Hollywood. CA 91607 

tif l! A CASSETTE DECK 
F FOR 

BROADCAST!! 

TANDBERG TCD 900 SERIES 
SO MANY FEATURES: MICROPROCESSOR CONTROL. AUTOMATIC CUE, DYNEO, 
ACTILINEAR, REAL TIME COUNTER, DIRECT LOADING, 1% TOLERANCE COMPONENTS. 
FADER START, RACK MOUNTING, REMOTE CONTROL, RS -232 INTERFACE, BUILT IN 
OSCILLATORS, BAL XLR CONNECTORS, DOLBY B & C, ACCURATE TAPE SPEED. 

A TAPE MACHINE DESIGNED TO REPLACE BOTH REEL -TO -REEL AND CARTRIDGE 
MACHINES. 

Call or write for a full brochure 1- 800 -331 -0405, 215- 935 -1422 or 644 -3266 

FORGE RECORDING STUDIOS, INC. 
P.O. BOX 861, VALLEY FORGE, PA 19481 

ALSO AVAILABLE - DUPLICATION, SUPPLIES, SYNDICATED PROGRAMS 

February 19t{5 p l'2a 



3mAuthorized Dealer 
Scotch Audio Tape 

Exceptional sound quality 
and consistent performance make 

Scotch Audio Tapes 
favorites among professionals 

Call TOLL FREE for 
our complete catalogue of 

audio products 

1- 800 -854 -1061 
in California call 

1- 800 -858 -1061 

ADVANCE 
RECORDING PRODUCTS 

7190 CLAIREMON1 MESA BLVD 
SAN DIEGO CALIFORNIA 92111 

(619) 277 -2540 

CAPITOL RECORDS STUDIOS 
1750 N Vine St 
Hollywood. CA 90028 
12131 462 -6252 DM. TD 

CASSETTE PRODUCTIONS UNLIMITED 
46 S DeLacey St . Suite 24 
Pasadena. CA 91105 
18181449 -0893 

DYNASTY STUDIO 
1614 Cabrillo Ave 
Torrance. CA 90501 
12131328 -6836 TD 

I 

rU i lRC DISC 
stesnans 

COMPLETE ANALOGUE & DIGITAL 
MASTERING SERVICES FOR COMPACT DISC, 

RECORD & CASSETTE MANUFACTURING 

3475 CAHUENGA BLVD WEST 
HOLLYWOOD CA 90068 1213) 876 -8733 

BERNIE GRUNDMAN MASTERING 
6054 Sunset Blvd 
Hollywood. CA 90028 
1213) 465 -6264 CD. DM 

HITSVILLE STUDIOS 
7317 Romaine St. 
Los Angeles. CA 90046 
12131850 -1510 DM. CD 

JVC CUTTING CENTER 
6363 Sunset Blvd .0500 
Hollywood. CA 90028 
1213) 467 -1166 DM. CD 

R/E 

ow a 

Cassette 
gh Speed Duplicati 

3/4" U -Matic Video Tape 
Loading Re- loading 

Custom Cassette Label & 
Liner Printing 

"Reel Cassettes" 
3M & AMPEX- Reel Tape 

Our Low Overhead & High Quality 
Workmanship can provide your 
Studio with the Highest Quality 

for the Lowest prices. 

FREE Brochures Available 
Upon Request. 

Please Write or Call Collect 
(817) 756-5303. 

Na ti 
Add 4110 IMP 111 r ate . /11 Ci 
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WOLFF associates 
API products 

WOLFF associates is 
a dealer for API 

audio products. 

a repair facility for 
API modules. 

on location console 
update and repair. 

new modules, console 
expansion & rebuilds. 

a source for new or 
used API consoles. 

new ideas for studios 
and broadcasting. 

1378 Northgate Sq., 
Reston, VA 22090 
703- 689-0448 

For additional information circle #96 

ç III 
C 

irraLL: 
6550 Sunset Boulevard .J 
Hollywood, California 90028 
(213) 466 -1323 

K -DISC 
26000 Spring Brook Ave. 
Saugus, CA 91350 
(805) 259 -2360 DM, PL, PR, PK 

K.M RECORDS 
2980 N Ontario St. 
Burbank. CA 91504 
(8181 841-3400 DM, PL. PR. PK 

LIGHTNING CORP. 
7854 Ronson Rd 
San Diego. CA 92111 
(619) 565 -6494 TD. PK 

MCA WHITNEY RECORDING STUDIO 
1516 W Glenoaks Blvd. 
Glendale. CA 91201 
(213) 245 -6801 or 
1818) 507 -1041 DM. TD 

ML TAPE DUPLICATING 
6935 Valican 
Van Nuys. CA 91406 
18181988 -2737 TD 

MASTER DIGITAL. INC. 
1749 14th St. 
Santa Monica. CA 90404 
(2131452 -1511 TD 

THE MASTERING LAB 

213- 466 -8589 
LOS ANGELES 

mirror -image 
MIRROR IMAGE 

CASSETTE COPIES 

Highest Quality Fast Delivery 
Real Time People Who Care 
High Speed Personal Service 

6605 W. Sunset Blvd. 
Los Angeles, CA 90028 

(213) 466 -1630 

MONARCH RECORD PRESSING 
9545 San Fernando Rd. 
Sun Valley. CA 91352 
1818) 767 -8833 TO. PR. PL. PK 

OPHARION RECORDINGS 
P.O. Box 91209 
Long Beach. CA 90809 
(213) 438-4271 TD 

PRECISION LACQUER 
1008 North Cole Ave. 
Hollywood. CA 90038 
(213) 464 -1008 DM 



PRESENT TIME RECORDERS 
5154 Vineland Ave 
North Hollywood. CA 91601 
1818) 762 -5474 TD 

QUAD TECK STUDIOS AND F.D.S LABS 
4007 West 6th St. 
Los Angeles. CA 90020 
(213) 383 -2155 TD. DM 

RAINBO RECORD MFG CORP 
1738 Berkeley St 
Santa Monica. CA 90404 
(213) 829 -0355 DM, TD, PL. PR. PK 

RECORD TECHNOLOGY. INC. 
486 Dawson Drive 
Camarillo. CA 93010 
18051 484 -2747 TD. PL. PR 

SOUND MASTER AUDIO /VIDEO 
10747 Magnolia Blvd 
North Hollywood. CA 91601 
12131650 -8000 DM 

STUDIO MASTERS 
8312 Beverly Blvd. 
Los Angeles. CA 90048 
12131653 -1988 DM 

TAKEDA RECORD SERVICE 
11542 Burbank Blvd #2 
North Hollywood. CA 91601 
18181 760 -6644 TD. DM. PR. PL. PK 

TAPELOG 
10511 Keokuk Ave. 
Chatsworth. CA 91311 
(818) 882 -4433 TD 

Ill 

TRAC MARKETING 
2015 BRUNDAGE 

BAKERSFIELD, CA 93304 
(805) 323 -0713 

We duplicate the spoken WORD 
in sermon and in song 

Gospel Tape Duplicating Only 
Blank Tapes and Supplies 

Direct Mailing 
Available 

VIRCO RECORDING. INC. 
700 S. Date Ave 
Alhambra. CA 91803 
(2131283 -1888 DM. TD. PL. PR 

Northern California: 

ARCAL 
2732 Bay Road 
Redwood City. CA 94063 
(415) 369 -7348 TO 

AUDIODYNE 
P.O. Box 825 
San Jose. CA 95106 
1408) 287 -3520 TD 

KENNETH BACON ASSOC.. INC. 
24 Commercial Blvd.. Suite E 

Novato. CA 94947 
(415) 883 -5041 TD, PK 

DAVKORE COMPANY 
1300 -D Space Park Way 
Mountain View. CA 94043 
(4151 969 -3030 TD. PK 

FANTASY STUDIOS 
10th and Parker 
Berkeley. CA 94710 
1415) 549 -2500 DM 

BILL RASE PRODUCTIONS. INC 
955 Venture Court 
Sacramento. CA 95825 
1916) 929-9181 TD. PR 

SHUR -SOUND 8 SIGHT. INC. 
3350 Scott Blvd #5 
Santa Clara. CA 95054 
(408) 727 -7620 TD 

E-f-IH I/',AG E 
SONIC ARTS /MASTERING ROOM 
665 Harrison St. 
San Francisco. CA 94107 
(415) 781 -6306 TD. CD. DM. PR. PL. PK 

Northwest: 

AMERICAN TAPE DUPLICATING 
7017 15th Ave N.W 
Seattle. WA 98117 
1206) 789 -8273 TD. PK 

AUDIO PRODUCTION STUDIO 
7404 Sand Lake Road 
Anchorage. AK 99502 
1907) 243 -4115 TD. PR. PK 

CAPITOL CITY STUDIOS 
911 East 4th Ave 
Olympia. WA 98506 
1206) 352 -9097 TD. DM. PR. PL. PK 

CASSETTE TECHNOLOGIES 
5722 Swan Creek Drive. E 

Tacoma. WA 98404 
1206)472 -2740 TD. PK 

NORTHWESTERN. INC. 
1224 S W Broadway 
Portland. Or 97205 
1503) 226 -0170 TD 

Canada: 

McCLEAR PLACE MASTERING STUDIOS 
225 Mutual St. 
Toronto. Ontario M5B 2B4 
(416) 977 -9740 DM 

WORLD RECORDS 
P.O. Box 2000. Baseline Road West 
Bowmanville, Ontario L1C 3Z3 
(416) 576 -0250 DM. TD, PL. PR. PK 

V iE 
°°QUALITY°° 
`,QcKAog 
1.000 pure vinyl records in paper sleeves 

One color printed labels 

All metal parts and processing 

Mastering with Neumann VMS70 lathe & 5X74 cutter 

7 45 RPM 12 Album Package 
Record Package Records and Prinled Covers 

$399. $1372. 
(FOB Dallas) 

i To mien this special price. his ad muss accompany order i 

12' 33 -1/3 Album Package includes full color 
stock jackets or custom 
black and white jackets. 

Package includes lull process ng 
Re- orders available at reduced cost. 

We make full 4 -color Custom Albums, tool 

For full ordering information call 
DICK McGREW at 1- 800 -527 -3472 

0 of r 
record manufacturing corp. 

9021nduslnal Boulevard. Dallas Texas 7:.207 
12141 741 -2027 

3m Audio Tape 

LOW FACTORY PRICES 

SCMS 

800/438 -6040 
February 1985 R-e. p 125 



ON THE STUDIO TRAIL 
Mel Lambert reports on the Neve DSP Digital Consoles 

at CTS Music Center and Tape One, London 

Dwring a recent trip to England, I had 
the opportunity to visit and talk 
with the users of Neve Digital 

Sound Processing (DSP) consoles installed 
at CTS Music Center, Wembley, north west 
London, and Tape One, an independent disk 
and CD mastering facility based in central 
London. Many R -e /p readers already will be 
aware that digital technology is, without 
doubt, a primary wave of the future. Cur- 
rently, our control rooms are considered 
incomplete without the ubiquitous array of 
digital delays, sampling devices, reverbs and 
pitch shifters - to say nothing of the virtual 
arsenal of digital synthesizers, drum machines 
and computer -controlled sequencers and 
composition software. And, now that digital 
multitracks and mastering machines are 
being used routinely throughout the record, 
film, and audio -for -video industries, many 
studio owners are preparing for the inevitable 
final element in an all- digital studio: the digital 
console. 

Although the majority of engineers and 
producers would consider some form of 
"computer literacy" to be essential for an 
understanding of today's recording and syn- 
thesizer technology, there is no denying that 
the internal workings and operational flexibil- 
ity of an all- digital console can be somewhat 
intimidating at first encounter. Also, it can 
take a long time to develop the hardware and 
software necessary to at first mimic - so that 
we can at least operate the board in a way 
with which we are familiar - and then offer all 
the additional features that could never be 
made available on an analog console. To say 
nothing of having to debug the system so that 
reliable and consistent operation can be 
taken for granted. 

Early in November last year, the DSP at 
CTS Music Center Studios finally found a 

permanent home in the facility's new East- 
lake Audio -designed Studio A. As many of 
you may already be aware, following the orig- 
inal DSP delivery at CTS last summer, one or 
two software problems necessitated the con- 
sole's temporary removal to a nearby room, 
so that the final debugging process could be 
carried out without disrupting sessions. 
According to CTS managing director Peter 
Harris, by running buffered mike lines to the 
DSP's input racks studio staff were able to 
make full use of the temporary downtime by 
familiarizing themselves with the console's 
myriad features, while the last few system 
bugs were resolved. 

Following return of the DSP to Studio A 
control room, the console saw its first com- 
mercial digital session with senior engineer 
Dick Lewzey recording and mixing Maurice 
Jarre's orchestral score for the film The 
Bride, with the Royal Philharmonic Orches- 
tra. Other sessions slated for the first few 

months of this year included the recording of 
a Carl Davis soundtrack for the film King 
David, and Paul Stillwell recording a music 
album. 

The DSP console at CTS is set up for 
tracking to and remixing from a Studer A800 
analog 24 -track or Sony PCM -3324 digital 24- 
track, and is configured to accommodate up 
to 48 input channels and 32 group outputs. 
To enable first -time users of the DSP to feel 
more comfortable in making the transition 
from analog to digital operation, the console 
is laid out ergonomically in a "split" configura- 
tion, with an additional bank of 32 faders 
mounted to the left of the central mixing posi- 
tion. At normal system setup (more on this 
later) the DSP's internal software - 
remember that routing and bus assignment 
"switch" and "fader" in the DSP is micropro- 
cessor controlled - the board is configured 
with 48 mike /line inputs routing to 32 output/ - 
multitrack every busses, these latter outputs 
appearing as the inputs to the monitor bank. 

As can be seen from the accompanying 
photographs, physically the DSP comprises a 

console "control surface," video display, plus 
an ASCII keyboard for labelling various func- 
tions, and effecting data storage and recall. A 
single fiber -optic cable connects the control - 
room hardware with a bank of six, 8 -foot high 
racks that house the various analog mike /line 
pre -amps, digital signal processing, analog- 
to- digital and D -to -A converters. As well as 
"conventional" analog inputs and outputs, 
the DSP will accept 16- bit /48 kHz digital 
inputs and outputs, and is designed for direct 
connection via an AES; EBU interface to the 
facility's PCM -3324 multitrack. (A Studer 

Sampling Frequency Converter also is on 
hand for direct digital connection to a Sony 
PCM -1610 processor, which operates at a 
sample frequency of 44.1 kHz.) 

Since every function of the digital console, 
including fader levels, cue /effects assign and 
level, EQ parameters, routing, etc, is under 
direct software control, the DSP also fea- 
tures "Total Reset," which enables the entire 
control- surface configuration to be stored on 
Floppy disk. In addition to the console's servo - 

controlled faders, there are future plans to 
add expanded NECAM automation to pro- 
vide real -time storage and recall of EQ, aux 
sends, pans, and compressor -limiter 
dynamics. 

Each input channel features a servo -driven 
fader, plus a four -segment LED window that 
enables each strip to be labelled with an input 
designation from the ASCII control key- 
board. (The same labels appear on remote 
microphone input panels in the studio, ena- 
bling unambiguous assignments to be made 
during session setup.) Similar LED windows 
can also be toggled to display the groups and 
monitors to which a particular input fader is 
routed internally. 

A separate pair of equalization and 
dynamic adjustment sections can be assigned 
to individual inputs, outputs, monitor chan- 
nels or auxiliary busses. These controls allow 
precise changes to be made, and then 
assigned to a selected section of the signal 
path. The two EQ sections - to enable a pair 
of channels to be adjusted simultaneously 
-provide a high- and lowpass shelving filter 
sweepable from 25 to 280 Hz, and 2.0 to 15.7 
kHz, respectively. A four -band parametric 

The DSP at CTS Music Center is configured to handle 48 input and 32 analog/ 
digital output groups. A separate 32 -input monitor bank 
is also provided on the left side of the console. 
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Take One! Cr take several. Studer's new A810- A810- 

TC has estaDlished a new standard for stereo 
audio-for-video production. By placing time code 

on a center track between standard stereo audio 
tracks on 1/4" tape, the A810 lets you synchronize 

high uality stereo soundtracks with your VTRs. So 
you don't need a 4-track recorder using costly 1/2" tape. 

Two separate code heads and a microprocessor delay 
line add up to the best center track SMPTE system on the 

market. 
In all respects, theá8lOiuthæmos advanced analog 

recorder available. With microprocessor control of trans- 
port, audio functions, and audio parameter settings. Digital 
memory storage of audio parameters for two tape formu- 
lations. Four speeds. Advanced phase compensation cir- 
cuits for superior square wave response. Plus a serial interface 
option for external computer control. The list goes on. 

Details on the A810 could fill a 20 page booklet. So we 
wrote one. Call or write tod3y for your free copy. 

A810-TC shown with 
Studer TLS4000 mod- 

ular synchronizing 
system. 

STUDER 
Studer Revox America hn/}425 Elm Hill Pm, 254-5651 
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Quantec heralds a new era. A revolution in acoustic versatility. Every sound environment 

is obtainable at the push of a button. 
Acoustics are no longer bound by the specific configuration of a room, but can be used 

to emphasize a scene, enhance or improve a sound or enrich a musical composition. 
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Programs Reverberation program 

eCay t 

Decoy time at low frequencies 
Decoy time at high frequencies 
Reverbration density 
Density of resonance 
Reverb 

Enhance program 
Freeze program 

Vor thc 
Martin Audio 
in N.Y. (212) 541 -5900 

1 m' - 10° m' with 7 steps 
0.1 sec to 100 sec (up to 400 sec at 40 Hz) 
Coefficient of 0.1 to 10 with 11 steps related to selected decay time 
Coefficient of 0.1 to 2.5 with 8 steps related to selected decay time 
More than 10.000 per sec depending on room size 
Man 3 per Hz of bandwidth depending on room size 
Prereverb delay I ms - 200 ms 1n steps of 1 ms, level -30 dB to 0dB in steps of I dB OFF Function 
I ms - 200 ms in steps of 1 ms, level -30 dB to OdB, 'OFF' Function 

Simulation of rooms without perceptible reverberation 

Special loop program with infinite decay time to add any number of acoustical entries 

njustc [.vor 
Westlake Audio 
in C.A. (213) 655 -0303 

rc tor. 

Europa Technology. Inc. 
in C.A. (213) 392 -4985 
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The DSP at CTS - seen above in its tem- 
porary home, prior to its recent return to 
Studio A's control room - enables all 

EQ bank supplies up to 18 dB of cut and 
boost at center frequencies between 30 and 
600 Hz (low), 100 Hz and 1.2 kHz (low -mid), 
600 Hz and 12 kHz (high -mid), plus 1 and 15 
kHz (high). Since EQ control is effected dig- 
itally, the cut /boost and center -frequency 
controls are covered by 21 discrete steps, 
rather than continuously; bandwidth "Q" is 
also variable in four steps from 0.5 to 2. The 
dynamics section features a pair of limiters, 
compressors, expanders and noise gates; 
each section is provided with full control of 
threshold, attack and release times, plus 
compression ratio. 

A total of 48 simultaneous EQ, dynamics 
and filter settings can be assigned to various 
sections of the console, and inserted into the 
digital signal path in any order - one configu- 
ration might be a dynamics module, followed 
by the filter section, and then the four -band 
equalizer. In addition, a delay module can be 
insterted between the mike /line gain control 
( -26 to +80 dBu, in two -dB steps) and the EQ, 
filter or dynamics section. A total delay of 2.4 
seconds is available per 24 channels of signal 
processing, and can be allocated in 20- 
microsecond steps up to 400 microseconds, 
100- microsecond steps up to 2.5 millise- 
conds, and in one -millisecond steps there- 
after. (The distributed delay also can be 
inserted as the first function block in a group 
return.) One application for the assignable 
delay would be to phase /time compensate a 
multimike array, to ensure indentical arrival 
times. 

A central bank of eight auxiliary send mas- 
ters can be assigned under software control 
to the appropriate foldback or effect bus out- 
puts, routing to individual aux busses being 
controlled from a pair of assignable controls 
per input channel 

A second series of assignable pushbutton 
controls provide the digital equivalent of Solo 
in Place, Pre -Fade Listen, and a function 
called SOFT (standing for "softkey") that can 
be set up from the central control panel to 
effect filter in /out, mute, auto -fade, insert 
in /out, and numerous other functions. Two 
additional controls located in the center of 
the input -fader bank are also software - 
definable switches; on the CTS console, the 

upper control can be switched between inpu 
gain, stereo width, delay, and the odd - 
numbered auxiliary sends, while the lower 
knob switches between pan, monitor level, 
fade, and even -numbered sends. 

Level monitoring is provided by 32, 100 - 
segment bargraph meters, whose response 
can be switched between VU and peak - 
reading ballistics. A four -element LED win- 
dow below each meter can be used to identify 
group output /multitrack assignments. 
Because of the enhanced dynamic range 
offered by digital technology, the metering 
range extends from -36 to +24 dBu. 

And just when you might have thought that 
the DSP's features were becoming a touch 
complicated, a central color video display 
enables the console routing and current sta- 
tus to be interogated from a central position. 
By way of an example, the VDU will display 
the routing assignments to and from the var- 
ious groups, as well as the configuration of 
the six internal subgroups. The insertion 
order and signal flow through the dynamics, 
filter and EQ sections within each input, mon- 
itor and output strip can also be displayed. 

To simplify the setting up of commonly 
encountered console configurations, various 
input /output routing and assignment topolo- 
gies have been programmed into the CTS 
digital console. For example, Mode #1, "Lay - 
down," sets up the console as a 48-input/32- 
bus tracking board, with full EQ, dynamics, 
and filter sections inserted into the first 40 
input channels, with eight spare inputs to be 
re- assigned as required. Mode #2, "Multi- 
track Mixdown," resets the board to accept 

functions to be controlled from a central 
VDU /keyboard (above left). Shown right 
are digital processing racks. 

24 inputs from a multitrack, plus 20 spares, 
and provides a stereo group master and three 
"spare" output groups (possibly for simul- 
taneous three - stripe film mixes). For added 
convenience, the 48 channel strips are laid 
out left to right as follows: stereo master (one 
fader controlling both left and right levels), 
three spares output groups, 24 multitrack 
returns, and the 20 unassigned inputs. 
According to various engineers I spoke with 
at CTS, this particular console configuration 
enables the off -tape track levels to be moni- 
tored on the bargraphs located directly 
above the appropriate channel fader. 

Mode #4, "Minimum Hardware System" 
( #3 had yet to be defined at the time of my 
visit) is intended to provide a basic setup in 
the rare event of a partial hardware failure, 
and configures the DSP with full EQ and 
dynamics on 24 inputs routing to 16 outputs. 
Mode #5 retains the current system configu- 
ration in non -volatile CMOS memory, and 
enables the console to be returned quickly to 
the format utilized on a previous day's ses- 
sion. Upon initial power -up of the console, a 
set of built -in diagnostic utilities checks the 
status of all input and output processing 
hardware, and reports any problems. 

With such operational flexibility available 
to a recording engineer, Peter Harris readily 
concedes that it will be a while before the staff 
at CTS Music Center can take full advantage 
of the DSP's capabilities. However, having 
gained sufficient day -to -day experience with 
the console system, staff and visiting session 
engineers will be able to develop new produc- 
tion techniques based on the practically limit- 
less circuit topographies of a truly repro - 

grammable control surface. As Harris points 
out, "Effectively, each operator can custom- 
ize the desk his own way for his preferred 
method of working, whether in music record- 
ing or film work. It is this flexibility which 
allows the DSP to offer more sophisticated 
capabilities in the same space as a conven- 
tional console." 

And if the new music -recording DSP at 
CTS Music Center might be described as 
possibly offering the ultimate in console 
technology, the smaller Compact Disc Mas- 
tering DSP installed at Tape One is no less 
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BEYER RIBBON MICROPHONES AND 



THE DIGITAL RECORDING PROCESS 

Digital technology 
holds forth the promise 
of theoretical perfection 
in the art of recording. 

The intrinsic accuracy of the 
digital system means any recorded 
"event" can be captured in its 
totality, exactly as it happened. 

Naturally, the ultimate success of 
digital hinges on the integrity of the 
engineer and the recording process. 
But it also depends on the correct 
choice and placement of microphones, 
quite possibly the most critical ele- 
ment in the recording chain. This can 
make the difference between recording 
any generic instrument and a particu- 
lar instrument played by a specific 
musician at a certain point in time. 

The exactitude of digital recording 
presents the recordist with a new set 
of problems, however. The sonic 
potential of total accuracy throughout 
the extended frequency range results 
in a faithful, almost unforgiving, 
recording with no "masks" or the 
noise caused by normal analog 
deterioration. As digital recording 
evolves, it places more exacting 
demands on microphones. 

Ribbon microphones are a 
natural match for digital because 
they are sensitive and definitively 
accurate. The warm, natural sound 
characteristic of a ribbon mic acts as 
the ideal "humanizing" element to 

enhance the technically perfect 
sound of digital. 

Beyer ribbon mics become an even 
more logical component of digital 
recording due to an exceptional tran- 
sient response capable of capturing all 
of the nuances and dynamic shifts 
that distinguish a particular per- 
formance without the self-generated 
noise and strident sound generally 

attributed to condenser mics. 

Beyer is committed to the 
concept of ribbon micro- 
phones. We manufacture 
a full range of ribbon mics for 
every vocal and musical 
instrument application. 

The Beyer M 260 typifies 
the smoothness and accuracy 
of a ribbon and can be used in 
stereo pairs for a "live " 
ambient recording situation to 
record brass and stringed in- 

The range of Beyer ribbon microphones. 
From left to right: M 500, M160, M 260, M 130 

struments with what musicians 
listening to a playback of their 
performance have termed "frighten- 
ing" accuracy. 

Because of its essential double - 
ribbon element design, the Beyer M 
160 has the frequency response and 
sensitive, transparent sound charac- 
teristic of ribbons. This allows it to 
faithfully capture the sound of 
stringed instruments and piano, both 
of which have traditionally presented 
a challenge to the engineer bent on 
accurate reproduction. Axis markers 
on the mic indicate the direction of 
maximum and minimum pickup. 
This allows the M 160 to be used as a 
focused "camera lens" vis a vis the 
source for maximum control over the 
sound field and noise rejection. 

Epitomizing the warm, detailed 
sound of ribbon mics, the Beyer 
M 500 can enhance a vocal perform- 
ance and capture the fast transients 
of "plucked" stringed instruments 
and embouchure brass. Its diminutive, 
durable ribbon element can also 
withstand extremely high sound 
pressure levels. 

The Beyer M 130's bi- directional 
pattern enables the engineer to derive 
maximum ambience along with 
clean, uncolored noise suppression. 
Two M 130s correctly positioned in 
relationship to each other and the 
source can be used as part of the 

Mid -Side miking technique. The 
outputs from the array can be 

separated and "phase -combined" via 
a matrix of transformers to enable the 
most honest 
spatial and 
perceptual 
stereo imaging 
-sound the 
way we hear it 
with both 
ears in rela- 
tionship to the 
source. 

Given the high price of critical 
hardware used in digital record- 
ing, the relative price of micro- 
phones is nominal. Realizing that 
microphones are the critical sound 
"source point," no professional can 
allow himself the luxury of superficial 
judgements in this area. Especially 
when one considers the value of on- 
going experimentation with miking 
techniques. For this reason, we invite 
you to acquaint yourselves with the 
possibilities of employing Beyer ribbon 
technology to enhance the acknowl- 
edged "perfection" of digital recording 
technology. 

Beyer Dynamic, Inc., 
5 -05 Burns Avenue, Hicksville, 
New York 11801 
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impressive in its features. (The CD console 
was scheduled to be joined in late January by 
a companion DSP Disk Mastering Console;/ 
hope to provide a full description of the facili- 
ty's latest addition in a forthcoming issue.) 

Designed to enable level, EQ and dynamics 
changes to be made entirely in the digital 
domain, Tape One's DSP is configured with a 
pair of stereo inputs and outputs that accept 
BNC composite -video signals from a com- 
panion Sony PCM -1610 digital processor. 
The sampling frequency currently is set at 
44.1 kHz, although later units from Neve will 
be designed for 48 kHz operation. According 
to the facility's managing director, Bill Foster, 
the EQ section is identical to that provided on 
the CTS console, except that the cut /boost 
range is restricted to 10 dB to enable more 
precise adjustment. "We are currently eva- 
luating the standard DSP EQ section to see if 
we need extended high- frequency ranges for 
mastering," he says. "We may change the 
settings via software at a later date." Also 
provided is a standard DSP lowpass /high- 
pass filter section, plus switchable de- and 
pre -emphasis on the inputs and outputs, 
respectively. The console also features the 
standard dynamics section; in addition, the 
distributed delay can be set up in a feed - 
forward limiting mode, if required. 

At the time of my visit, Foster was also 
contemplating the purchase of a second DSP 
CD mastering console, designed for direct 
connection via an AES /EBU interface to a 
Studer D820 digital two -track operating at a 
sampling frequency of 48 kHz; a Studer SFC 

would be made available for use with 44.1 
kHz PCM -1610 processors. Under further 
consideration was a purpose -built F -1 Editing 
Suite, possibly based around an HHB /Amek 
CLUE system. "Lots of smaller studios in 
England are mastering to F -1, and then 
transferring to 1610 format for editing," he 
offers. "Our planned facility will allow 
transfers to and from various formats to be 
made digitally, and without loss is audio 
quality." 

The Tape One DSP Compact Disc Mas- 
tering console (shown left in close -up) 
enables EQ and dynamics changes to be 
made entirely in the digital domain. 

To put the recent digital- hardware invest- 
ment at Tape One into a wider perspective, 
Foster relates that since installing the Com- 
pact Disc DSP, his facility has been mastering 
in excess of 10 CD releases per week, and 
that over 5% of the world's CD titles have 
been mastered at Tape One. 

Both Peter Harris at CTS Musc Center 
and Bill Foster at Tape One would appear to 
have an inside track - from the recording 
and mastering ends of the production spec- 
trum - on the growing impact that digital 
technology is having on our industry. u 
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Audio Services and SONY are proud to offer 
Digital Audio at a price you can afford. 

SONY PCM -501 ES 
DIGITAL AUDIO PROCESSOR 

Digital auotu ,nedns wide dynamic range, ultra -low 
harmonic distortion. and undetectable wow& flutter. 
Both units have selectable 14 or 16 bit quantization. 
Compatible with any VCR including Beta, VHS. and 
U- Matic. 
Special modifications available for professional 
applications. 

SONY PCM -F1 
DIGITAL AUDIO PROCESSOR 

IN STOCK 
FOR SALES OR RENTAL 

L ¡l AUDIO 
SERVICES 

CORPORATION 
4210 Lankershim Boulevard 

North Hollywood, California 91602 
1- 818- 980 -9891 
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The new 300 Series Audio Production Console has been specifically de- 
signed to complement the latest audio and video technology. Its the only 
console in its class. offering mono or stereo inputs each available with or 
without equalization, output submastering. audio -follow -video capability, 
a comprehensive user -programmable logic system. and a wide range of 
accessories for custom tailoring to your specific requirements. Available 
now. Call us collect for further information. 

ouc1 i tronics. inc. 
3750 old Getwell Rd. 
Memphis TN 38118 USA 
Tel: (901) 362 -1350 
Telex: 53,3356 - 



AUDIO POST PRODUCTION 
FOR NBC ENTERTAINMENT PROMOS 

by Roman Olearczuk 

In this information age, the televi- 
sion viewer is being presented 
with a vast array of program cho- 

ices, and there exists fierce competi- 
tion for his or her leisure viewing 
time. Down through the years, televi- 
sion networks have discovered that, 
in order to inform the public about 
upcoming programs, announcements 
over title cards or end credits are not 
enough to grab the viewer's attention. 
Today the promo has evolved into a 
slick, information -packed, short video 
that utilizes many of the same effects 
found in other visual media. 

To complement these exciting video 
images, promo audio has adopted 
several techniques found in the 
recording and film industries. This 
article will attempt to provide an 

overview of how various promotional 
spots are created at NBC, Burbank. 
Specific details of the process, rang- 
ing from off -line editing, through 
audio sweetening and mixing, hope- 
fully will provide a useful insight into 
the diverse elements of audio produc- 
tion of NBC entertainment promos. 

Audio Transfers 
and Scheduling 

A promotional spot is scheduled for 
production by the Network On -Air 
Promotion department approximately 
two weeks in advance of its air date, 
when the Network Promotion Sche- 
dule arrives from the Media Planning 
department. At that time each promo 
producer receives his or her assign- 
ment, and then proceeds with an edi- 

tor to view the show episode or movie 
to be promoted in one of four viewing 
rooms. 

At NBC Burbank each viewing 
room is equipped with similar equip- 
ment: A Sony BVU -200 34-inch U- 
Matic video -cassette with remote con- 
trol; a Sony CVM -1900 19 -inch color 
monitor; and an audio monitoring 
system. 

It goes without saying that before a 
show can be viewed it has to be trans- 
ferred to 3/4 -inch U -Matic and one -inch 
videotape for promotional production. 
The On -Air Promotion Acquisitions 
department is responsible for obtain- 
ing and scheduling the viewing dubs. 
Show reels arrive daily from various 
production companies, in both 35mm 
film and one -inch video formats, and 
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Only If You're Serious! 

EFFECTRON II & 
by DeltaLab 

For years the EFFECTRON' , ADM 1024, has provided quality sound with sound quality to 
become the standard effects unit of the pro's. While others offer you fancy lights & displays, 
we continue to offer the best sounding systems at any price. After all, you can't hear lights 8 
displays, and sound is what it's all about ... isn't it? 
Now, we have made the best ... better. DeltaLab offers you a choice of high quality units. 
The EFFECTRON II continues the tradition, while the EFFECTRON .III offers the same "good" 
sound with "common sense" programmability featuring total access for live performances... 
All of the controls are programmable and each program is instantly and independently 
accessible. 

If you're serious about your sound, visit your local dealer and compare ... you will be 
amazed!" 

DICK DI FI2EITAS -.-ffng;niber 
Pf'es7ie-,tt I)eIluLa b 

DeltaLab 



PRODUCING 

AUDIO 

FOR NBC 

ENTERTAINMENT 
PROMOS 

can range in content from safety 
video masters to unsweetened film 
dailies and video iso shots. Depend- 
ing upon the original format, dubs are 
fed by either the Telecine or Video 
Tape department. Each set of '/,- and 
one -inch video dubs includes match- 
ing SMPTE timecode and duplicate 
ID numbers. Upon completion, these 
show dubs are made available for 
promotional use. 

The promo producer and his editor 
first watch the show in its entirety, 
after which the video is scanned 
through different segments and notes 
taken by the producer. These remarks 
would include timecode numbers 
where dialog and eye- catching visu- 
als occur, as well as the initial concept 
of a promo script. When the viewing is 
completed, the promo producer books 

off -line video editing time. 

Off -Line Editing: 
Audio Considerations 

Off -line video editing is the starting 
point for the cutting of all NBC pro- 
mos, with four edit rooms having been 
designated for the off -line production 
of such spots. Each room includes a 
CMX 340 editing system equipped 
with a five -by -one video/ audio switch- 
ing interface; a Conrac 13 -inch text 
monitor; three Sony BVU -800 
videocassette recorders with CMX I2 

interfaces; one Sony CVM -1900 19- 
inch color monitor for record preview; 
three Sony CVM -1750 17 -inch color 
monitors for program viewing; an 
RCA MTC -551 timecode generator; a 
Yamaha M508 eight -in /two -out con- 
sole; two Marantz MS -10 speakers, a 
Shure 561 dynamic microphone; plus 
an audio monitoring panel and video 
and audio patch bays. 

During off -line editing, the spot's 
promo producer can develop his ideas 
with the editor at a significantly 
lower cost than in the on -line editing 
bay. The producer uses notes taken 

MULTITRACK ASSIGNMENTS USED 
IN NBC's PPS -2 POST -PRODUCTION FACILITY 

It should be noted that the track layout 
below differs from that shown right, since 
tapes generated in PPS -2 seldom leave the 
room, and therefore can be considered to 
conform to an "internal" format: 

Shown below is the more "standardized" 
multitrack layout adopted by the majority of 
Hollywood studios, including NBC's PPS-1 
post- production facility: 

1 = Sound Effects 

2 = Sound Effects 

3 = Sound Effects 

4 = Sound Effects 

5 = Sound Effects 

6 = Sound Effects 

7 = Announcer 

13 = Music Track A 

14 = Alternate Music 
Track 

15 = Music Track B 

16 = SPARE 

17 = SPARE* 

18 = FINAL MONO 
MIX 

19 = SPARE* 

1 = SPARE 

2 = DIALOG 
SUBMIX 

3 = MUSIC 
SUBMIX 

4 = EFFECTS 
SUBMIX 

5 = SPARE 

6 = FINAL 
MONO MIX 

7 = FINAL 
MONO MIX 

13 = Sound 
Effects 

14 = Sound 
Effects 

15 = Sound 
Effects 

16 = SPARE 

17 = Music Track A 

18 = Music Track B 

19 =SPARE 

8 = Alternate 20 = SPARE (backup) 
Announcer 8 = SPARE 20 = Alternate 

9 = Alternate 21 = MONO MIX- SOT/ 
Announcer MINUS* Production 

Without An- Sound 
nouncer and 9 = SPARE 21 = Main/SOT 
"windows" Production 

10 = Alternate 22 = SPARE Sound 
SOT 10 = Sound 22 = Alternate 

11 = VCR Lay- 
over #1 

231 SPARE Effects SOT/ 
Production 

(SOTs + 24 = SMPTE Sound 
Main Dialog) Timecode 11 = Sound 23 = SPARE 

12 = VCR Lay- Effects 
over #2 12 = Sound 24 = SMPTE 
(SFX + Effects Timecode 
BG Dialog) 

*For a "Three- Stripe" mix of music /effects/ 
dialog, Track #17 would hold the Announcer 
Submix, #19 the SOT /Effects Submix, and 
#21 the Music Submix. 

Obviously, alternative track assignments 
will be found at other post houses, particu- 
larly those mixing for stereo release. 

000 

Author Roman Olearczuk at the 
Quad- Eight /Westrex console in 
NBC's PPS -2 post -production facility. 

from the viewing session to put 
together a concept for the promos. He 
then provides the editor with time - 
code locations needed to locate the dif- 
ferent video segments, and previews 
the pieces in different sequences until 
an aesthetically pleasing spot 
emerges. 

The editor builds the spot by record- 
ing onto a rough (work) videocassette 
loaded in one of the Sony BVU -800 
U -Matic recorders. The 3/4 -inch rough 
cassette contains previously recorded 
timecode on audio track #2 for loca- 
tion address, and black -burst video to 
ensure clean edits. The promo video 
and audio is assembled from the same 
show cassettes used in viewing, and 
which are played back on the two 
remaining Sony BVU -800 VCRs. 

Audio from the pair of playback 
video decks is routed to two audio 
channels of the mixing board. At 
present, the off -line editing rooms are 
configured for use with only track #1 

audio from the VCR, track #2 audio 
being dedicated for SMPTE timecode. 
In the near future, software updates 
will allow the time -code to be placed 
on a third audio track - or address 
track - enabling the editor to place 
audio edits across both audio tracks. 
With the present system, however, the 
editor must provide notations under 
each audio edit for correct track 
placement in the on -line bay. 

By using the console faders and 
some minor equalization, the editor 
adjusts the audio from the playback 
machines and then routes the signals 
to the CMX switcher, which automat- 
ically routes the audio to follow the 
video as the record edits are being 
assembled. The output of the switcher 
is brought back through another con- 
sole fader for additional level adjust- 
ment, and assignment to track #1 
audio of the record VCR. 

An Edit Decision List, or EDL, is 
generated for the final sequence of 
video and audio edits, and provides 
the online editing bay with detailed 
editing information for compiling the 
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The ability to synchronise video and 
audio recorders is an increasingly vital facility 
required in studios all over the world. As much as 
three -quarters of today's audio recordings 
involve a visual aspect, and recording is more 
international than ever before. Basic tracks in 
New York, string and brass overdubs in London, 
dubbing in Los Angeles ... modern international 
productions need an international standard for 
machine synchronisation, and there's really only 

For additional information circle #117 

one: Q -Lock by Audio Kinetics. 
It's the same all over the world. The 

simple, uncluttered controls. The custom 
interfaces that suit your machines. The 
remarkable software capability. The integrated 
system with built -in expansion possibilities. it all 
adds L.p to accuracy and ease of use, and tha: 
means speed and creative flexibility. It means C'- 
Lock. If you're looking for an international 
standard, you've found it. 

Now, more than ever, you need to 
keep in sync with the times. Lock around the 
clock - with Q -Lock. 

Audio Kinetics Inc., 
4721 Laurel Canyon Boulevard, 
Suite 209, North Hollywood, 
California 91607, USA 
Tel: (818) 980 5717 46. 
Telex 230 194 781. AUDIO KINETICS 
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promo from the show's master one - 
inch video reels onto a one -inch video 
submaster. The off -line editor also 
provides notes along with the EDL to 
aid the on -line editor in identifying 
video segments and audio dialog. 
Notations are made as to whether the 
audio edit is assigned to audio track 
#1 or #2 of the final submaster. On the 
one -inch video masters, track #1 
audio is generally reserved for up- 
front dialog, with track #2 being used 
primarily for sound effects, music, 
and background dialog. 

Once the video EDL for the working 
version of the promo has been stored 
on a floppy disk, a viewing version of 
the spot is generated for management 
approval. A dub, without timecode, of 
the producer's work videocassette, 
along with a reading of the script, is 
recorded onto the daily viewing 
cassette. (It should be noted that this 
cassette contains all the spots com- 
pleted in the off -line edit rooms for 
that day.) 

The promo producer reads his script 
as he watches the completed promo. 
Audio is routed from a pre -amp 
through a remaining console fader, 
and level and minor equalization 
adjustments made prior to assign- 
ment of announce to audio track #1 of 
the viewing cassette. If music edits 
are generated during off -line editing, 
this audio can be mixed along with 
the S.O.Ts (Sound On Tape) on to 
audio track #2, to present the full con- 
cept of the promo. Once approved, a 
series of promos, based on this rough 
cassette version, is scheduled for on- 
line editing. 

On -Line Editing: 
Audio Considerations 

The next step in promo production 
is the on -line video editing process. 
NBC's Edit 8 is a dedicated facility 

PPS editor Jerry O'Neill cues a sequence 
of sound -effects carts during a sweeten - 
ing session for "V - The Series." 
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Announcer Danny Dark (left) reading a 
promo script, while producer Steve 
Domier checks the timing against video 
script cues. 

staffed by a four -person production 
team consisting of producer, video 
editor, an assistant editor, and Chyron 
character -generator operator. Two 
production teams, working successive 
shifts, are required to complete the 
large volume of promos requested 
daily. 

The on -line edit bay houses a Grass 
Valley 1600 -3K video switcher with 
memory; an Image Video routing 
switcher; a Quantel 5000 Plus digital 
effects generator; a CMX 340X editing 
system with a Conrac text monitor; 
five Sony BVH -1100 one -inch C- 
Format VTRs with CMX I2 interfaces; 
five Conrac 13 -inch color monitors for 
playback program viewing and two 
19 -inch color monitors for assembled 
and record preset viewing; a Quan- 
tum 12 -in /four -out console; two dbx 
Model 160 limi -ters; a URIE Model 
535 dual graphic equalizer; two 
Broadcast Electronics Model 3200 -PS 
NAB cartridge machines; two JBL 
Model 4311B speakers; and an audio 
control panel. 

The room producer details the pro- 
duction sequence to the technical 
staff on a priority basis. The editor 
loads the off -line EDL for a particular 
spot into the CMX 340X system and, 
by scanning through the EDL, can 
inform the assistant editor which 
master video reels are needed for 
assembly; up to four different one - 
inch playback reels can be accommo- 
dated at any given moment on four 
C- Format VTRs. The promo under 
assembly is recorded onto a predesig- 
nated submaster reel threaded on the 
remaining VTR, and used to generate 
all the "day -of- the -week" versions of 
the same promo - these spots all 
have the same video and audio as the 
submaster, except for different titles 
and "windows." The titles, generated 
on a Chyron Model 4100 MGM -EX 
system, visually announce the show's 
name, air time, and air day. The 
"windows" are pre -built video inserts 
with stars from the NBC series shows, 
announcing short on- camera tag lines 

such as "Tuesday! ", "Tonight! ", or 
"Let's All Be There! ". (The inserts are 
referred to as "windows," because the 
overlaid border around the star's 
cameo resembles a person looking 
through a window.) 

These three elements - the promo 
submaster, titles, and "windows" - 
are combined to make up each unique 
master promo. The increased produc- 
tion efficiency, with the elimination 
of redundant edits, far outweighs the 
additional generation loss in dubbing 
video and audio from the submaster. 

Both audio tracks from the four 
playback VTRs are routed to eight of 
the Quantum console's line -input 
channels, program busses #1 and #2 
being the designated feeds to the 
record VTR's audio tracks #1 and #2. 
During recording, the on -line editor 
has a choice of either manually 
assigning the audio via the program 
busses or, preferable, by switching 
the audio automatically via the Grass 
Valley audio switcher. 

Input to the audio switcher is CMX - 
selectable between audio track #1 or 
#2 to follow video from any playback 
VTR; the switcher also allows the edi- 
tor to program fixed -rate crossfades 
between any two audio sources. In 
addition, while shuttling to a particu- 
lar timecode location, audio from the 
playback VTRs is muted by the 
switcher logic until each machine 
goes on -line, a feature that frees the 
editor from constantly having to dis- 
engage bus assignment switches dur- 
ing cueing. 

The editor assembles the audio 
edits according to the spot's EDL, and 
adjusts audio levels so that the dis- 
crete segments are recorded at full 
level. Upfront dialog is placed on 
audio track #1 of the master VTR, 
while effects and music edits are 
assigned to track #2; each individual 
track is monitored by feeding the 
audio to a separate JBL 4311B loud- 
speaker. If the EDL contains overlap- 
ping audio edits, the editor has to 
place these pieces back and forth 
across both audio tracks in a "check- 
erboard" fashion. Generally, any 
On -line editor Richard Russel adjusting 
incoming audio levels from one -inch 
video source reels, prior to EDL assem- 
bly of a promo. 
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tight audio editing, equalization, pro- 
cessing, or limiting of these segments 
is dealt with later in the audio sweet- 
ening room. After the spot is 
assembled, the editor records a 1 kHz 
reference tone at zero VU ( +4 dB) over 
the video slate, appearing 10 seconds 
before the promo begins. 

Audio Sweetening of Promos 
After the promotional spots have 

been assembled in the on -line video 
edit bay, they are brought into post - 
production sound room 2 (known as 
PPS -2) for audio sweetening. The 
facility accommodates a three -person, 
dual -shift production team consisting 
of a producer, an audio mixer, and an 
editor. [An article describing the 
design, construction and equipping of 
NBC's latest post -production sound 
room, PPS -1, can be found in the 
December 1984 issue of R -e /p - 
Editor.] 

The producer and announcer work 
closely in a defined production work 
space located on the left -hand side of 
the room, equipped with a writing 
table, a Panasonic CT -110 11 -inch 
color monitor, an RCA 19 -inch color 

ELECTRO VOICE 
MONITORS 

MOVEABLE 

AU RATONE 

MONITORS 

receiver, and AKG C414 -P48 micro- 
phone, an AKG K -141 headset, two 
Auratone Sound Cubes, communica- 
tion and headset controls, and Sonex 
acoustic foam paneling. The work 
space also has an unusual design fea- 
ture - since there is no announce 
booth, the announcer is recorded right 
there in the control room. To prevent 
acoustic feedback the loudspeakers 
are muted during recording, and the 
narration tracks carefully monitored 
during playback; close -miking tech- 
niques help ensure minimal back- 
ground noise pickup. In operational 
terms, the inconvenience of not being 
able to monitor the announcer during 
recording is far outweighed by the 
speed of communication between the 
announcer and the production team. 

The audio console located in the 
center of the room is 28 -input Quad - 
Eight /Westrex Coronado equipped 
with 24 group outputs. Monitoring is 
handled primarily by Auratone Sound 
Cubes and Electro -Voice Sentry 100A 
loudspeakers. Outboard equipment 
includes a Quad -Eight Model 5 rever- 
beration unit; a UREI Model 537 gra- 
phic equalizer and Model 565 filter 
set; a Orban Model 526A desser; and 
Eventide H949 Harmonizer; EXR IV 
Exciter; Dolby CAT43A film proces- 
sor; two dbx Model 165A limiters; two 
MICMIX Dynafex D -2B noise reduc- 
tion units; a Technics SL -1600 MkII 

AMPEX 
ATA -124 
REMOTE 

D 
SOUND 

EFFECTS 

ANO CMX 

CONTROL 

PRODUCER ANNOUNCER 

NBC /BURBANK 
PPS -2 ROOM 

AND EQUIPMENT 
LAYOUT 

SLIDING 
GLASS 
DOORS 

direct -drive Turntable equipped with 
a RTS pre -amp and KLH THE 7000A 
Transient Noise Eliminator; and two 
Sony PVM -1900 color monitors. 

On the right side of the room, the 
editor controls all tape transports, 
plus NAB sound -effect cartridge 
machines. Equipment located in this 
area includes a CMX 340X editing 
system with a Conrac text monitor; a 
Panasonic 11 -inch color monitor; 
seven ITC 3D playback and two WP 
playback /record cart machines; a 
Yamaha M508 eight -in/ two -out aux- 
iliary console for off -cart sound 
effects pre -mixing; a Tascam 122B 
cassette deck; an Ampex ATR -102 
with VSO; two Auratones; a video 
monitor switcher; and communica- 
tion controls. 

The CMX 340X editing system 
allows the editor to synchronize up to 
six different audio and videotape 
machines, and also to start eight 
audio carts under SMPTE timecode 
address. The remotecontrolled 
machines comprise an Ampex ATR - 
124 24- track; two Sony BVH -1100A 
one -inch VTRs; two Ampex ATR -104 
four -tracks; and a Sony BVU -200 : %- 

inch VCR. All remoted transports are 
housed in a soundproofed machine 
room directly behind the editor. 

The daily production schedule re- 
volves around the promo routine ship 
list. In general, production is corn- 

AMPEX 
ATR 124 

AMPEX 

ATR 104 

FOUR TRACK 

SONY 

BVU -800 
U MATIC 

VTR 

RACK 

x U 2 ¢ ,. 
ó 

RACK 

SLIDING DOORS 

CMX 
RACK 
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NBC Memorandum 

Oats FRIDAY, OCTOBER 19, 1984 

Subject BURBANK PRODUCTION RUNDOWN 

pleted reel by reel on an availability 
basis from Edit 8, immediate atten- 
tion always being given, however, to 
spots scheduled to air the same day. 
For example, there have been occa- 
sions when a promo has aired within 
minutes of completion. Although this 
situation can result in many tense 
and pressured moments, it becomes 
the perfect opportunity to instantly 
evaluate the audio being transmitted 
to millions of households on a nearby 
office television! 

Shown on this page is a sample 
production rundown of the work 
undertaken in PPS -2. The routine lists 
the video reel number and the number 
of promotional spots scheduled for 
completion, each promo being num- 
bered and titled. The duration, ver- 
sion, show description, and individ- 
ual air date is also provided, along 
with the spot producer's initials. As 
an example, promo #27 on video reel 
#756K is titled as a "COSBY /TIES" 
spot. The N:30A symbol signifies a 
network promo of 30- second duration, 
jointly promoting "The Cosby Show" 
and "Family Ties" episodes, airing on 
October 25, 1984. A station promo of 
this same spot, if requested, would 
have an "S" prefix, such as; S:30A. 
(Station spots closely resemble net- 
work promos, except that they are 

TIME CODE NET A6P PROD. 0756K 
BB CVT: 10/19/84 

EDIT 8 ON LINE FRIDAY 
DANNY DARK: PPS FRIDAY 
PROJECTED 
COMPLETION:10 /19 12:OOa FEED /SHIP 

PROMO AIR SHOW AIR 

PROMO *25 
N20:A COSBY /TIES BC 10/21 10/25 
PROMO 026 
N:20B COSBY /TIES BC 10/25 10/25 

PROMO *27 
N:30A COSBY /TIES BC 10/21 10/25 
PROMO 028 
N:10A THE CITY KILLER EJ 10/22 10/28 
PROMO 029 
N:10B THE CITY KILLER EJ 10/28 10/28 
PROMO 030 
N:20T SHATTERED VOWS RS 10/2 10/29 
PROMO *31 
N:20A SHATTERED WWS PS 10/29 10/.- 

Typical Network Promo Production Rundown Schedule 
locally customized by the NBC net- 
work affiliates. Versions of these 
promos can vary from complete video 
and audio inserts added locally, to 
just a few lines of an additional sta- 
tion announce over the premixed 
audio tracks.) Coded suffixes, like the 
"A" in N:30A example above, denote 
different announce versions, and 
include: "A" - day of the week; "B" - 
tonight, "Q" - next; "T" - next (day 
of the week); "X" - exact date of show 
air, and "Y" - tomorrow. 

As will be explained later, such 
information allows the mixer to 
uniquely set up the audio tracks to 

On -air promotional script for a 20- second spot 
both "The Cosby Show" and "Family Ties." 

promoting 

NDC 
ON -AIR 
PROMOTION 

THURSDAY /TONIGHT! 

ON THE COSBY SHOW! 

COS IS FIGHTING FOR CONTROL 

ESPECIALLY WITH A HEADSTRONG 

DAUGHTER!! 

sot: "You go or you die!" 

ANNC: THE COSBY SHOW! 

THEN ON FAMILY TIES! 

WHEN MALLORY'S JOB IS ON THE 

LINE, WILL ALEX SAVE IT? 

sot: 

sot: 

ANNC: FAMILY TIES! 

sot: "Thursday /tonight!" 

"You can be really cunning... 
wanna be!" 

"Stop trying to butter me up!" 

Dote Script Submitted: 
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Video 

-Cosby 

-Mallory 

-Alex 

-Alex (window) 

Length :::z2JA B 

SpotLD. 'oSBY /TIES 

Airdote 10/25/84 

Producer 0c. 

Length Sound EFX Chyron 

fight efx 

store efx 

Music 

show 
t heces 

accommodate multiple audio versions 
of the same video spot. 

Multitrack Audio Assembly 
The first stage in the audio sweeten- 

ing process is layover of audio tracks 
#1 and #2 from the videotapes onto 
tracks #11 and #12 of an Ampex ATR- 
124 multitrack. Also, regenerated 
SMPTE DF timecode (via the CMX I2 
machine interface) is patched from a 
Sony BVH -1100A one -inch C- Format 
VTR to track #24. Initial layover lev- 
els are set with the promo slate tone 
that was recorded earlier in the on- 
line edit bay. As the audio layover is 
monitored, the mix engineer re- adjusts 
and relays the tracks for any large 
variations in level, equalization, and 
program content. 

The script (a copy of which also is 
shown here) is consulted for direction 
in separating the elements onto var- 
ious audio tracks. The basic technique 
here is to place all the "up- front," 
message- carrying SOTs onto track 
#11. (Note: SOTs are dialog bits from 
the show used to play off the 
announcer's copy.) Background dia- 
log and show sound effects go to track 
#12. Any sound inserts that have 
unwanted "blips" from on -line edit- 
ing are cleaned up with either one- or 
two -frame edit trims, or with quick 
console fades and mutes during 
re- layover. 

MICMIX Dynafex noise reduction 
is used on all these layovers to reduce 
tape noise. Also, a Dolby Cat 43A 
Film Processor, a single- ended, four - 
band noise reduction processor, is 
inserted to reduce background noises, 
such as hum, wind, and traffic, from 
production dialog. 

On all these layovers, audio starts 
15 frames into the actual video spot 



TITLE: FFS MUSIC EDITS FOR "V /SERIES" N:70 PREMIERE 01 VER 01 BIEB /JH 
ISC SUPER EDIT MODEL. 31 SN 818 NBC BURBANk 
DROP FRAME CODE 

001 060 A C 01:03 :42 :17 01 :03 :50.177 10:00:00 :25 
IN: 25 FRAMES AFTER FIRST 'VIDEO 
OT: CROSSFADE WITH EDIT 0n'2 AT CYMBAL CRASH ON DIANA'S I.D. 

002 1060 A C 01:05:17:26 
IN: CROSSFADE WITH OUT OF EDIT 0001 

OT: FADE ON SHOT OF AL :EN EYES 

007 0601 A C 
LOOP BEGINS 
IN: BEGIN TO FADE ON 

004 0611 A C 
LOOP CONTINUES 
OT: NATURAL. OR FADE IF TRACKS IN 

01:03:28:24 24 

SHOT OF ALIEN 

0t:07:27:09 

005 060 A C 
FANFAIR OVER kISS 
IN: NATIJRAI. 
01: NATURAL 

10:00:08:25 

01:05:2E1:05 05 10: 00: i 16: 1 1 10:00:16:20 
(SEE NOTE ABOVE) 

01:03:76:06 10:00 :13:25 

EYES 

01:03:34 :22 10 :00:21:07 10:00:28 :20 

101:00:21 :07 

NEXT EDITS OVERRIDE 

u1:06:58:29 111:07:04:16 10:00:22:27 10:00:28:08 

i1! 6 160 A C 01:0o:10;07 
STINGER FOR CLOSING TITLE 
IN: NATIIRAI. 

OT: NATURv;L 

01:06:17:02 10:00:26:20 10:00:29:15 

Music Edit Decision List for "V - The Series" promo (title -card version). 

and ends 15 frames early, such blank 
areas being necessary for switching 
purposes during transmission (i.e., 
relay closures, etc.) to prevent audible 
glitches whenever the spots are pro- 
grammed for air. (Audio blanks also 
are inserted during other stages of 
sweetening.) 

Next, the number of versions of the 
same video spot are considered. Prime - 
time series promos with a duration of 
20 seconds or longer will usually have 
"windows" at the end of each spot. As 
explained earlier, these "windows" 
are specially -built video inserts, with 
electronic graphics, that have a series 
star announcing when his or her 
show will be aired. For example, the 
Thursday night "COSBY /TIES" 20- 
second promo is frequently routined 
in three different announce versions 
(A, B, and Q) with three correspond- 
ing "window" tags. A "Thursday" 
announce at the top would have a 
matching "Thursday" window; the 
same is true for the "Tonight" and 
"Next" announces. Even though it 
represents three different on -air video 
promos, this set would be treated as a 
single spot from an audio point of 
view, the main body of the spot being 
exactly the same. Audio for each 
alternate "window" is laid onto dis- 
crete tracks, at the same time refer- 
ence corresponding to the original 
window. Only during playback do the 
unique versions surface. (This tech- 
nique will be explained in greater 
detail later.) 

Following these layovers are the 
music transfers, the script again 
being consulted for music direction. A 
library of series show themes recorded 
in mono is maintained on half -inch, 
four -track reels, the themes having 

been transferred from original music 
scores or, at worst case, from the 
shows' sweetened air masters. The 
editor keeps detailed notes of which 
re- occurring musical cues work for the 
different length versions. Edit over- 
laps of two to four frames are used for 
music transitions in block promos, 

such as A Team /Riptide /Remington 
Steele, where each of the three themes 
is placed on a separate track. 

In addition, a library of Network 
Production Music is also available. 
As new disks arrive, transfers are 
made to half -inch four -track tape and 
3/4 -inch VCR. [The promo producers 
use these latter videocassettes to pick 
music cues for their spots during off - 
line editing.] Once determined, the 
cues are noted on the script or stored 
on an EDL floppy disk. With an EDL 
the post- production editor can call up 
complex music edit notes on the spot 
for assembly onto the multitrack tape. 

Audio Edit Decision List 
An example of detailed music edit 

notes is shown on this page. The 
promo, titled "V" The Series (Title 
Card Version), was conceived to have 
a Fifties "B- Movie" trailer look. Spe- 
cially designed graphic titles pop up 
over the visuals, promoting the action, 
romance, and mystery of the new tel- 
evision series. Six music edits were 
called for, as shown on the EDL. 

The two rightmost columns of 
SMPTE timecode numbers included 
on the EDL indicate the record -in and 
-out times of a particular edit. (It 
should be noted that these times refer 
to the SMPTE timecode address for 
the case of the video located on the 
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The GOLDLINE Model 30 
Digital, Real -Time, Spectrum 
Analyzer is the affordable and easy - 
to-use instrument that takes the 
guesswork out of audio system 
calibration including frequency 
response measurement of consoles 
and tape machines, as well as 
monitor system calibration 
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at Just: $1895.00. Now available with the 
Option 020 Printer Interface Board to provide hard 
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rough cassette. On the final one -inch 
video master, for this EDL to make 
any sense, timecode numbers must be 
updated for all the edits on the list 
shown here. To do this, the editor 
simply has to enter the new record -in 
offset number and the CMX will 
automatically update all the edit 
numbers. For the sake of this exam- 
ple, the reader should assume that the 
record -in /out numbers already cor- 
relate to the final spot numbers.) 

For the first music edit, record -in 
starts at 10:00:00;25 and record -out 
stops at 10:00:08;25. The length of this 
edit is the difference between these 
two timecode numbers: eight seconds. 
The remaining set of numbers provide 
start and stop times of the playback 
music reel, the difference between 
these two sets of numbers also being 
eight seconds. In all cases, the dura- 
tions of the playback edits and record 
edits should be equal. 

The second edit has a duration of 10 
seconds and nine frames. However, 
the record -in time of 10:00:06;11 
occurs before the record -out time of 
10:00:08;25 of the previous edit. This is 
the area where the off -line editor 
wants an audio crossfade to occur, as 
noted in the comments directly below 
edit #001. 

To preserve audio tracks, these 
edits were transferred onto tracks #13 
and #15 in a "checkerboard" fashion. 
For example, edit #1 is placed on track 
#13, while edit #2 would go to #15; the 
next sequential edit would then go 
back to #13. However, before edit #3 is 
laid in, edit #5 on track #15 must first 
be recorded. The engineer has to hear 
this edit in order to fade the loop of 

TIMECODE CLARIFICATION 
In the past, there has been some ambiguity 
regarding the correct way of writing time - 
code locations, the traditional technique 
being to use colons to separate hours, min- 
utes, seconds, and frames - for example: 
10:34:53:11, to designate a timecode loca- 
tion of 10 hours, 34 minutes, 53 seconds and 
11 frames. Confusion can arise, however, 
when only the minutes, seconds and frames 
data is provided - and, since few audio reels 
run longer than one hour, the leading digits 
are seldom necessary. To uniquely identify a 

timecode location, R -e /p has adopted the 
format of using a semicolon to mark the 
transition from seconds to frames, so that 
even a shortened -form timecode number 
can be written unambiguously. In the exam- 
ple quoted above, the new format would 
read: 10:34:53;11. We would be interested in 
receiving comments from R -e /p readers 
regarding the proposed timecode format - 
Editor. 
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This sequence of photos, A through E, 
shows a chase scene from "V -The Origi- 
nal" that was used in numerous promo- 
tional spots. Marc Singer, playing the res- 
istance fighter Mike Donovan, runs away 
from an attacking alien Visitor spaceship. 
Five overlapping laser sound effects carts 
were added in sweetening to match the 
video. Also, a large explosion cart was used 
near the end of the sequence when one of 
the lasers hits a parked car. During the mix, 
each effect was mixed at increasing levels 
as the chase progressed. In photo A, at 
timecode 10:53:49;13, Donovan and the 
alien spaceship start to cross from left to 
right; photo B at 10:53:50;02 marks the first laser firing; photo C at 10:53:50;19 continues 
the chase motion; photo D at 10:53:51;10 marks a fire splatter; and photo E at 10:53:51;23 
marks the point of the final laser zap and an explosion. 

edits #3 and #4 (being built on track 
#13) under edit #5. Edits #5 and #6 are 
laid in with naturally occurring fades 
on both the in- and out -points. In 
actual practice these last two edits 
would be smoothed out, if needed, 
with additional fader moves. 

Sound Effects and Announce 
After the music layover, the pro- 

ducer, mixer, and editor jointly decide 
whether the production effects are 
usable. Sound effects that are noisy, 
poorly recorded, or mixed with music, 
are erased from the audio tape and 
rebuilt with library 1/4-inch sound - 
effects cartridges. Additional sound 
effects (as requested on the script, or 
needed by visual action in the spot) 
are layed down on tracks #1 through 
#6. 

With the CMX system, the editor 
runs the videotape at one -sixth play 
speed, to mark the record -in and -out 
times on an audio track for a particu- 
lar effect to match video. The record - 
in SMPTE timecode locations derived 
from the marking session are also 
used to program the CMX General 

Purpose Interface to trigger the start 
of an audio cart. A 10- to 15 -frame 
offset is added to the start times to 
allow for the cart to cue up to speed. 

Action videos, such as car chases, 
crashes, shootouts, and comedy pro- 
mos with missing laughs, need 
numerous sound -effects carts to make 
the sound believable. Shown on this 
page is an example of a three -second, 
five -frame video sequence from a 
promo to V -The Original, which 
required six sound carts to make it 
work. The editor can preset any com- 
bination of up to eight carts to trigger - 
in a programmed sequence of events, 
such carts being routed via a small 
Yamaha mixer to the main Quad - 
Eight console. 

At this point the mix engineer 
determines the track assignment, 
level, and equalization for the effect. 
If audio tracks are readily available, 
each effect would be assigned to one 
track at a time. In a more complex 
action spot, however, to save tracks a 
combination of sound carts are pre- 
mixed onto one track. MICMIX 
Dynafex noise reduction also is used 



on all of the effect layovers to keep 
cumulative tape noise under control. 
If required, audio fades are built in, 
while an Eventide 949 Harmonizer 
can be used to change the pitch of a 
sound to match video, as necessary. 
For example, a water hose cart can be 
used to give the illusion of the sound 
of a fire hose when set at a lower pitch. 
Or a fast moving conveyor belt can be 
made to sound slower through the 
Harmonizer. Echo and recirculating 
delays are also used to extend any 
short -duration effects. 

Ideally, the announcer is scheduled 
to record his lines after the promos 
have been prepared with music and 
effects tracks. The announcer is 
recorded dry with essentially no 
equalization and no limiting, track #7 
through #9 being reserved for the dif- 
ferent announce versions. A complete 
reading of the script is recorded on 
track #7, while different announce 
opens and closes would be placed on 
the remaining tracks. For the alter- 
nate versions, the announcer reads 
the top copy until the first SOT 
sequence occurs. For the bottom tag, a 
punch -in recording is made during 
this last SOT and the announcer fin- 
ishes the promo with the alternate 
closing copy. Later, the mix engineer 
can pick up the announce sections to 
assemble the correct versions during 
the mix and layback by switching 
tracks during the time the SOTs are 
replaying. On days when 28 promos 
are scheduled for announce, this 
technique not only saves time but also 
helps to preserve the quality of the 
announcer's voice! 

Multitrack Remix and Layback 
The final stages in sweetening are 

. continued overleaf - 

VIDEO MUSIC EDITING 
A Contrast In Styles: Conversations with editors 

James Howard and Duke Kullman, 
and producer Lew Goldstein 

Video editors James Howard and Duke Kullman have both been involved with 
on -going projects that require intricate editing of videos and music. For the past 

year, James Howard has been editing V promos, for the two original mini -series and 
the weedy series premiere, which include specially scored music that is edited to fit 
the video images. Duke Kullman is the editor responsible for tfe series of Miami Vice 
promos that feature multitudes of flashy images cut quickly to the beat of contempor- 
ary songs. The style of these spots is reminiscent of the rock videos currently being 
shown cn MTV, and other cable music outlets. 

Both editors achieve highly visual and sonically exciting spots, yet the editing styles 
are truly opposite to one another. James Howard cuts music to fit the video, while 
Duke Kullman cuts video to fit the music. 

"V - The Mini -Series ": Cutting Audio to Match Video 
"Special music was scored for the promotion of the science fiction mini -series V," 

Howard recalls, "what we now call V - The Original. For the sequel, V -The Final 
Battle, we needed additional music based on The Original *eme. Bob Bibb, the 
promo producer for V's on -air promotion, went back to the composer with the 
assignment to open up the existing theme by giving it a fuller, more orchestrated 
sound. The resulting package gave us three major themes, and a group of 'stingers' 
and 'fanfares. "Stingers' and 'fanfares' are short bursts of music that have a finality to 
them: just three or four notes pulled from the master themes. Also, since we were 
going to do lots of editing to conform the music to an existing video cut, we especially 
requires the tempo and pitch to be consistent. The completed music mix was 
delivered to NEC on half -inch, four -track format, and dubbed tc M -inch video cassette 
for off -line editing. Both copies shared the identical drop -frame timecode reference. 

"1 indexed the music using the timecode numbers displayed as video characters on 
the % -inch cassette. The exact in and out points for each major theme, stinger, and 
fanfare were located. The major themes were broken down into shorter sub -themes, 
making it possible to go in at specific points and pluck out shorter elements. The 
indexing resulted in 28 segments pulled from the five -minute score." Examples of 
Howard's timecode sequences are shown below: 

Cut 

"RC BIN'S THEME" 
"LOVE THEME" 

(with soft trumpets) 
"MUSIC BOX" 

Code In 
(H:M:S;F) 

01:07:28;10 
01:02:14;15 

01:07:14;00 

Duration 
(S;F) 
10;08 

23;00 

08;05 

What isynre 
szou t... 
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VIDEO MUSIC EDITING ... continued - 
"STINGER 2" 

(sharp kick - ominous tag) 
"DOWNBEAT GONG" 

01:06:10;07 

01:01:08;13 

09;00 

03;05 

"Names were assigned to the cuts to help in writing edit notes," Howard continues, 
"and in communicating with Bob and PPS, although the machines prefer the numbers. 

"The off -line editing process began with a video cut of a 10 -, 20 -, or 30- second promo 
containing dialog, sound effects (if they were clean on the film print) and, in some 
cases, a scratch announce track. Existing audio tracks were important, because a 
transition from one music cut to another would be less obvious, if it occurred under a 
laser gun sound effect or dialog. 

"Bob and I worked with the video and music in an ISC off -line 'cuts only' editing hay. 
I was able to move tapes on the record and playback machines frame by frame to 
achieve the perfect video -to -music and music -to -music match. The weakness of the 
system was the availability of only two audio record channels. Often a new recording 
wiped a previously laid track, and listening to a completed off -line 'mix' required some 
imagination. 

"A single edit consisted of the 'in' and 'out' timecodes for the desired music cut, as 
referenced to the promo's video record 'in' time." Below is an example edit: 

Play In 
01:01:08;13 

Play Out Record In 
01:01:11;18 10:00:02;15 

Duration 
00:00:03;05 

As can be seen, the music desired was loaded on the playback reel at a timecode of one 
hour, one minute, eight seconds, and 13 frames; this is the Play In time. The start of the 
promo video on the record cassette was at 10 hours even. The music edit began two 
seconds and 15 frames from first video or at 10:00:02;15; this is the Record In number. The 
edit Duration for the video and music equalled three seconds and five frames. The Duration 
time also equals the difference between the Play Out and Play In times. 

Each music edit was followed by notes for the mix engineer, which included the 
descriptive name for the cut ('Downbeat Gong'), a reference to the video it played with ('at 
shot of mothership over neighborhood'), and instructions if a crossfade or other transition 
into and out of the edit was necessary. The mixer, using these notes as a guide, would then 
determine points and durations of crossfades and the balance between SOTs (Sounds On 
Tape), voiceover, effects and music. 

"Typically, a 20- second promo contained four to six music edits," Howard continues. 
"This data was delivered to PPS [one of NBC Burbank's post -production studios] on 
CMX- Format eight -inch floppy disks called Edit Decision Lists, along with printouts of the 
numbers and notes. Once the EDLs were loaded into the on-line computer, the PPS editor 
guided the CMX Auto Assembly program in building the selected music cuts at specific 
points on a 24 -track machine. The mixer would determine track assignments aided by the 

Promo producer Bob Bibb (left) pointing out the video cut point to editor 
James Howard, where a music edit would occur during a recent "V" promo 
off -line editing session. 
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mixing and layback, the promos 
being mixed according to the routine 
needs. To ensure synchronism with 
the various multitrack elements, a 
mono mix (minus any "windows ") is 
recorded on track #18 in Sel -sync 
mode. In addition, a mono mix -minus 
(final mix minus announcer and 
"windows ") is simultaneously re- 
corded on track #21. In multiple ver- 
sion spots, the promo with the closest 
air date is mixed onto track #18. The 
remaining versions of the same promo 
are put together in layback with the 
mix -minus, announce pieces, and 
"windows." 

All of the sound elements that com- 
prise the final mix are sent through a 
dbx Model 165A limiter (set to 6:1 
compression ratio) for some added 
"punch" prior to being layed down. 
The mix -minus track, however, is not 
limited. Group assigns are used to 
regulate the level into the Model 165A, 
so that limiting occurs around the 
limiter's threshold. The output of the 
limiter is then adjusted to provide an 
average zero -VU recording level on 
the mix track. Grouping also allows 
the mixer the flexibility to raise or 
lower entire mix elements as required. 

The final mix is monitored on an 
Auratone Sound Cube speaker, and 
checked on the producer's RCA 
domesticstyle TV receiver. Ideally, 
everything should be heard in the 
mix, but the main focus is the mes- 
sage. When audio levels for the 
announce and SOT are balanced and 
properly equalized, music and effects 
can be brought up. Effects that play in 
the clear, or are low frequency, are 
mixed at maximum levels. An EXR 
Exciter IV processor is utilized to 
improve clarity of the announce and 
production audio tracks. In addition, 
quite often the mix requires dynamic 
fader movements - if necessary the 
trailing ends of the announcer's words 
and SOTs are boosted with quick 3 to 
5 dB moves. This technique yields an 
understandable message, without the 
reduction of the music and effects levels. 

The audio layback process to the 
edited one -inch videotape is straight- 
forward. Each promo is adjusted for 
average zero -VU record levels to both 
audio tracks on the one -inch VTR, the 
same master mono mix being fed to 
track #1 and track #2 for backup. If 
required, "window" tags are added to 
the mixed tracks during layback. 
Alternate announce versions, as men- 
tioned earlier, are assembled with 



pieces of different announce takes 
across several tracks. Great care is 
taken in level matching and equaliza- 
tion to achieve a smooth sounding 
spot. For these alternate versions, the 
non -limited mixminus, announce, and 
"windows" are routed through the 
limiter, its output -unlike the mix 
mode - being fed directly to the one - 
inch VTR during layback. After this 
procedure is complete, all spots are 
checked against each slate reference 
tone. If incorrect, the tone is imme- 
diately replaced. 

These techniques work quite well 
for short spots of up to one -minute in 
duration. For longer mixes, such as 
two- minute movie fills and 10- minute 
affiliate convention presentations, the 
mix has to be broken up into three 
individual submixes of music, SOTs 
plus effects, and announce. This mix, 
analogous to the film industry's three - 
stripe dub, allows the engineer to 
break down a complex mix into 
smaller submixes, and to easily 
accommodate the inevitable script 
changes. 

The music submix is recorded first, 
onto track #21. Even though all tracks 
are being monitored in Sel -sync mode, 
and at zero setting on each input 
fader, only the music edits are 
adjusted for levels, crossfades, and 
equalization When the music submix 

VIDEO MUSIC EDITING ... continued - 
notes. 

"The promo. V: 30- second Title Card Version, is a good example of how the catalog 
of score segments was used to match the video pacing. Designed to have the look of a 
Fifties movie trailer, the promo contained 'bigger than life' clips that served as 
background for the bold title graphics. The music had to change texture as the video 
transitioned through three phases; in other words, when video and titling said 'ALL 
THE ACTION,' the music track had to have high energy. We chose a 'soft' music bed 
as the twu main characters embraced, and the title card read 'ALL THE ROMANCE.' 
'ALL THE SUSPENSE'requi-ed using t,e stinger called 'Downbeat Geng' as the title 
swung into view, and the sharp kick of 'Stinger 2' when Diana placed her weapon to 
Donovan's neck. Twelve music edits were used for the Titte Card promo." 

"Miami Vice ": Cutting Video to Match Music 
"Lew Goldstein [on -air promo producer] and I are somewhat limited in the music 

we can choose for our spots," says editor Duke Kullman, "because we have to use 
music that's in the show. Before we start editing a song, we look for something that has 
a real driving rhythm - enough so that when we do cut to that rhythm, it accentuates 
the video as much as possible. It can't be too slow, although if we cut on downbeats or 
intermediate beats, we can use slower pieces of music. In our shorter promos we can't 
really use vocals; 10 seconds just isn't enough time to establish them. So for the 
shorter promos, we primarily look for instrumentals with a strong rhythm. This 
usually turns out to be the intro into a song, part of the bridge, or instrumental later in 
the music. 

"For the premiere promo of Miami Vice, we used the Phil Collins' piece 'In the Air 
Tonight' as the music. The 30- second version had five music edits in it. We knew we 
wanted a strong opening, and the dynamic drum fill from the middle of the song fit the 
bill. We had an idea of what video we wanted to use, but we weren't sure if it would 
work. 

"I must say that once we had the music edits done, the opening shots from the 
climactic gun battle in the show fell in relatively easily. Often times when we're trying 
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VIDEO MUSIC EDITING ... continued - 
to put motions or gunshots on certain beats, a number of times we have to move the 
video around by a few frames before the video and music elements complement each 
other to our satisfaction. 

"The chances of getting a drumbeat and getting shots out of a show with gunflashes 
going off in the same rhythm as the music is slim - they're never going to match up 
perfectly, but after some minor adjustment, this one did. Sometimes you get lucky. 

"For the next music edit we chose the music with the title lyrics as the body of the 
promo. The third edit was taken from some lyrics later in the song that we knew we 
had video for. We wanted to end the promo with the lyric' When I Remember,' so that 
became the fourth edit. 

"But musically those two adjoining edits didn't really work: They were from com- 
pletely different areas of the song, and contrasted too much; one was loud, and the 
other was soft. To cover those two pieces of music, we found a descending guitar slide 
and put it over the top. These edits were done on a multitrack tape and mixed 
together, which covered up the music contrast on that edit. 

"As for the video, we were looking for a visual that would work over that long 
bending guitar, and luckily we found it. A guy had been shot and propped up against a 

wall. Just as the main characters, Sonny Crockett and Ricardo Tubbs, locate their 
man, the body falls over towards the camera. This shot worked perfectly with the 
descending guitar slide. 

"Sometimes we spend hours and hours - more hours than I even like thinking 
about - doing the music, and sometimes it all falls in place quickly. Even a few edits 
can take a long time to sound right musically, depending on how drastically you 
change a song. It's not hard to cut something to a beat, or to cut off a phrase, or move a 

phrase to a different place in the music. What is hard is to make the edited song sound 
decent musically! I don't want to offend the artists and/or record companies who are 
kind enough to let us use their music and/or property. 

"When we get the music for a show, one of the first things we do is find out the time 
between the beats. We'll lay over all the music onto a 3A-inch videocassette with 
SMPTE timecode. Then, I'll mark in and out times, using a CMX editing system, to the 
syncopated beat on the machine as music is rolling by. Most songs are 4/4, so a 

quarter -note is one beat. Instead of counting from one quarter -note to the next, I'll 
count between the eighth- notes, which are twice as fast as the quarter- beats, to see 
how many frames there are between these notes. Usually that'll remain constant 
throughout the piece. 

"For most compositions that we use, it seems to turn out to be somewhere between 
eight and 10 frames [260 to 330 milliseconds] between the eighth- notes. If I only 
counted between quarter- notes, we wouldn't have enough flexibility in putting video 
to the music. Once I find what the magic number is, we'll try to utilize that as a 

reference to place the video shots all the way through the spot; it makes things 
considerably easier. 

"For the Hit List episode we used a number of shots that were eight to 10 frames 
long. In most other types of editing, 10 -frame shots are just too quick, but once a 

Editor Duke Kullman (right) and promo producer Lew Goldstein discussing 
concepts and ideas for "Miami Vice" promo during off -line editing session. 
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Is satisfactorily completed, the engi 
neer then begins to record the SOTs 
and effects submix on track #19. I)ur 
ing this stage, the announce track 
and the completed music submix are 
being monitored, a technique that 
enables the mix engineer to use the 
overall sound to balance the SOTs 
and effects submix. 

Now only the announce track is left 
to he mixed onto track (117, while the 
previous music and SOTs effects sub - 
mixes are being monitored. In this 
way, the engineer can ride the 
announce track, and change equali- 
zation between punch -ins, without 
having to concentrate on the other 
elements in the over -all balance. Once 
the announce submix is finished, the 
complete mix can be retrieved from a 

combination of these three tracks, by 
setting to zero their respective input 
channel faders. During layhack, a 
group- assign fader is used to balance 
all three tracks for overall level to one - 
inch master VTR. 

On -Air Audio Considerations 
The finished promos for the day are 

simultaneously transferred to two 
composite reels, a procedure that frees 
up the individual video reels for future 
promo production, and also enables 
the videotape operators to satellite 
feed a continuous set of priority pro- 
mos to NBC's New York headquar- 
ters. In addition, one of the composite 
reels is shipped immediately to New 
York, where it becomes the primary 
air copy. The satellite transmission is 
mainly used to deliver promos airing 
in the next 24 hours. 

In both network centers, the com- 
posite reel is used to make a pair of 
duplicate two -inch video cartridge 
copies of each promotional spot. 
Audio on all cart dubs is recorded at a 
-3 dB level, referenced to the source 
video's line -up tone; this reduced level 
compensates for the difference in 
loudness between commercials and 
network programs. The promo carts 
are loaded, along with commercials 
and public service announcements, 
into two RCA TCR -100 videocart 
machines as they are schedules 
throughout the day. (Note: The sys- 
tem format for this machine is the 
two -inch, reel -to -reel quadraplex video 
standard, with one audio track, run- 
ning at 15 ips.) Both copies of each 
promo are placed into the two cart 
machines, one serving as the on -air 
version, and the other as backup pro- 
tection. The cart machines are then 



STREETERVILLE 

remote controlled for program air by a 
Control Data 636 computer located in 
Switching Central. 

Audio production of NBC Enter- 
tainment Promos is as challenging as 
it is fast -paced. The process has to be 
efficient and streamlined, with little 
time for experimentation, in order for 
both sound crews to produce over 100 
promotional spots a week. Yet, at the 
same time, there is a never -ending 
search for new techniques, new 
equipment, and new ideas to make 
future promos attract the attention of 
television viewers. With the advent of 
Stereo Television, it will be interest- 
ing to see and hear how each of the 
networks make use of this technology 
in their respective promotion depart- 
ments. 

In addition to those individuals already 
mentioned in the text and photographs, I 
would like to thank the following people 
for their assistance in the preparation of 
this article: Craig Curtis, Jim Keller, Al 
Kennedy, Peggy Keppel, Dave Klandrud, 
Rick Rettig, and Stowell Werden. I would 
also like to acknowledge the efforts of 
audio mixer Bud Stalker and editor Dave 
Dunlap, who make up the other half of the 
NBC PPS -2 production team - RO. 

VIDEO MUSIC EDITING ... continued - 
rhythm is established between the music and the video, certain visuals can play very 
well in that length of time. This also means a lot of edits - we probably average 
between 25 to 35 edits in a 20- second spot." 

"What's interesting is that a lot of times we put these short images in and they don't 
work until we see everything else around it," concedes producer Lew Goldstein. "For 
example, in the promo we cut for the Miami Vice episode Hit List, we had a guy with a 
sniper rifle looking through a scope for eight frames, then the next shot was a tight 
shot of the trigger. The video only works with both shots, because the action 
continued into the next shot and, logically, your mind processes the visual informa- 
tion. If you only saw the video of the guy with the rifle by itself, you're going to wonder, 
'What was that ?' 

"Miami Vice" is a unique, stylized show. Not only does the cinematography set the 
mood, the musical score by Jan Hammer is also outstanding. Anthony Yerkovich and 
Michael Mann Productions had set the tone for this show. We capsulized the same 
style and pacing through our promotional spots, and portrayed the elements of Miami 
Vice by utilizing a kind of Music Video approach to tell a small story in 30 seconds or 
less, with quick video cuts to music, and only minimal announce copy; i.e., 'Miami Vice 
... Friday!' 

"For the series premiere promos we decided, as Duke has mentioned, to use as our 
theme Phil Collins' recording of 'In the Air Tonight.' We emphasized the theme with 
slick video images: two vice cops driving their black Daytona Ferrari convertible 
through the dark shadowed streets of Miami, with the wind blowing in their hair. When 
you think of darkness and people lurking in the shadows, evil and death immediately 
comes to mind. In this particular show, evil and death are prevalent throughout. 

"Early research sampling of the Phil Collins' promo indicated that younger people in 
the 25- to 35- year -old age group were able to understand what the show was about 
from the short brief cuts contained in the promo. The research group knew the actors 
were cops; they knew there was lots of danger, intrigue, some sex, and lots of action. 
When combining these terrific visuals and great music, you end up with a very exciting 
promotional piece!" 

CHICAGO NEVER SOUNDED SO GOOD! 

6 STUDIOS NEVE NECAM SSL HARRISON AUTO SET 

0 -LOCK AND BTX SYNCHRONIZER LEXICON 224X W LARC 
48 TRACK RECORDING VIDEO SWEETENING AND MIXING SONY MCI 1" LAYBACK 

NATIONWIDE SATELLITE RECORDING SERVICE (UPLINK & DOWNLINK) 
COMPLETE SUPPORT SERVICES 

THE SOURCE OF SOUND IN CHICAGO. 
Streeterville Recording Studios 161 E. Grand Avenue Chicago, IL 60611 (312) 644.1666 
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Professional audio from the number one supplier 

Westlake Professional 
Sales Audio Group 

Sales: 
Westlake's sales staff is ready 
to supply you with up-to-date 

information regarding 
new equipment, 
its features, 
availability and 
competitive 

prices. 

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

Demonstration Facilities: 
Unequaled in the industry are 
Westlake's demonstration 
facilities -from Audio /Video 
sweetening to demo produc- 
tion, broadcast to world class 
studio equipment. 
Service: 
Before and after the sale, 
Westlake's technical staff is at 
work to assure a professional 
interface of the equipment to 
your system. Our staff is 
familiar with all of the vari- 
ous technologies in use today. 

ton' acoustic design 
to down beat... 

Westlake Professional Audio Sales Group 
7265 Santa Monica Boulevard 

AudioAngeles, California 90046 
í1C110 (213) 851 -9800 Telex: 698645 



FACILITY SPOTLIGHT: CENTURY III TELEPRODUCTIONS 
Designing and Equipping a New Audio - for -Video 

Post- Production and Sweetening Studio 
by Vin Gizzi 

Century III Teleproductions, 
currently New England's 
largest video production and 

post -production facility, contacted 
this writer in Fall of 1983 to discuss 
the design of a new audio-for -video 
suite. At that time, Century III was 
already one of the major East Coast 
video operations, and growing 
rapidly. It had become aware, as have 
many video companies, that audio 
mixing services beyond the capabili- 
ties of a typical video edit room 
increasingly are being requested by 
its clientele. While video editing has 
become more sophisticated, and user 
friendly, the lack of equally sophisti- 
cated sound completion capabilities 
has come to stand out more clearly as 
a distinct problem for many video 
post -production companies. 

This article describes the design 
and equipping of Century III's 
recently completed Audio - 
Sweetening /Mix to Picture studio. 

According to Century III president 
Ross Cibella, "We had been pioneers 
in many areas of the production and 
post -production business, and wanted 
to lead the way in audio as well. We 
were as much concerned with design 
as with equipment in this project, 
because we had to have a room quan- 
titatively capable of very high -level 
work." 

Defining that "high level of work" 
and deciding how it would be accomp- 
lished was the first order of business 
in the design process. 

The type of sound work required in 
a facility is determined very much by 
the character of the company itself 

and, in that regard Century III has an 
interesting history. In 1977 a young, 
ambitious entrepreneur named Ross 
Cibella opened an audio studio in 
Boston that was geared toward the 
advertising market. Above and 
beyond running a successful com- 
pany, he hoped to accomplish two 
things: to develop strong relation- 
ships with the people producing 
commercials; and to establish himself 
in the eyes of the local financial com- 
munity as an adept businessman. He 
reasoned that if clients, investors, 
and bankers were impressed by the 
performance of his audio company, 
they would follow, and support him in 
a larger and more comprehensive . 

video facility. 
His instincts proved to be right, and 

in 1979 Cibella opened Century III 
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LAYOUT OF CENTURY III TELEPRODUCTIONS' NEW 

'AUDIO SWEETENING /MIX TO PICTURE' ROOM 

Teleproductions. Starting with one 
video editing room and a staff of six, 
the facility grew very rapidly. Today 
Century III includes four video edit 
suites, two sound -mixing rooms, a 
film -to -tape transfer suite utilizing 
Bosch and Dubner equipment, and 
such special effects devices as the 
Quantel Paintbox and Ampex ADO. 
In addition, Century's facilities also 
are made available to corporate as 
well as commercial clients, through a 
new division whose orientation is 
more towards the sales and market- 
ing presentation needs of larger 
organizations. 

The company is active in shooting 
and completing television comercials, 
both on film and videotape. A popular 
and cost- effective hybrid is to shoot 
on 16mm and 35mm film, transfer the 
camera negative to tape, and then edit 
and release the commercial on video. 
Century III also turns out television 
entertainment programming, a recent 
example being Healthbeat for 
Metromedia. 

Such a wide variety of work, and the 
lure of that new field called Music 
Video, indicated the necessity for a 
sound -mixing installation of consid- 
erable sophistication and flexibility. 

Design Concepts 
An audio -for -video mixing facility 

must satisfy several requirements 
that are not usually met in a single 
R -e /p 152 D February 1985 

audio control room. The audio moni- 
toring system must be equal to that of 
a state -of -the -art recording studio. 
The reason for this is not only because 
any particular project may involve 
mixing or remixing a program des- 
tined for a "Hi -Fi" video release for- 
mat (videodisc, Beta Hi -Fi, FM simul- 
cast); virtually every project edited in 
the facility passes through the mix 
room for some form of correction or 
processing. As a result, such a room 
function as the final quality -control 
check for audio tracks. For this rea- 
son, it was considered important that 
the new room should comprise an 
extremely accurate monitoring envi- 
ronment, much like the situation 
required for disk mastering. 

Mixing capabilities must also match 
those of a recording studio, since 
audio post sessions may involve the 
remixing of music multitrack tapes to 
picture. Consequently, the console 
must be equipped with comprehen- 
sive signal- routing capabilities to 
handle the elaborate "ping -ponging" 
and track layering used while build- 
ing up elements for a video mix. Audio 
processing gear also must run the 
gamut - from digital reverb and 
effects devices, to notch filters and 
noise gates needed to clean up noisy 
dialog tracks. 

Audio /video synchronization 
capabilities should also equal those 
provided in the video edit rooms since 

clients often move directly from the 
edit room to a mix session, and expect 
equivalent performance. The mix ses- 
sion may also require the replacement 
and re- editing of a great deal of audio 
material to match video edits. It is not 
uncommon during a complicated video 
editing session to pass certain scenes 
through many recorded generations 
to accomplish a variety of optical 
effects. And while modern VTRs can 
maintain excellent quality and 
signal -to- noise, the re- recorded video 
signal, degradation of audio material 
during the transfer is a different story 
altogether. 

Multiple audio generations become 
quite obvious even on Dolby- encoded 
one -inch videotape. It is common 
practice, therefore, to replace all or 
most of a program's audio track in a 
separate audio sweetening session, 
scheduled after the edit is complete. 
This procedure implies the use of an 
audio editing system that offers most 
of the features and flexibility found in 
a good video editing system. 

Of course, the audio tape machines 
used in an audio -for -video mix room 
must be state -of- the -art to preserve 
quality during transfers, and allow 
noiseless and gapless punch -ins. The 
ability to punch -in or "pickup" on an 
audio track is an important feature to 
have available during a mix because 
usually it is impossible to mix an 
entire program in just one pass. It is 



YOUR PRODUCTION DESERVES 

NEOTEK QUALITY 
Modern broadcast production faci- 
lities have the same high demands 
for audio performance, flexibility, 
and sophisticated functions as do 
music recording studios. Broadcast 
oriented engineers also expect their 
own range of familiar features and 
the durability necessary to with- 
stand the demands of the broadcast 
environment. 

Now you can have the best of both 
worlds in the same console: 
The NEOTEK Production console. 

Designed with the circuits that 
make NEOTEK recording consoles 
the industry standard for sonic 
quality, they produce outstanding 
technical specifications: 

Distortion 
Bandwidth 
Output Noise 
Crosstalk 

below .005% 
greater than 40kHz 
less than -96dB 
less than -80dB 

Combine this performance with 
features essential to the broadcast 
environment: mic /line input mo- 
dules with live mic sensing and 
individually programmable studio/ 
control room mute, automatic start 
pulses, and overpress cue; stereo 
line input modules with remote 
logic interface; and a master section 
with cue, solo, headphone amp, 
twelve stereo inputs, slate, oscil 
la;or, talkback, and a host of 

additional functions. Complete 
balancing, P & G faders, ani 

high resolution meters are 
standard, many frame 
formats are available, 
and there is an extensive 
list of accessories and 

options including audio follows 
video interfaces. 

NEOTEK 
1154 West Belmont Avenue 

NEOTEK manufactures console 
systems for recording, broadcast 
production, theater effects and 
sound renforcement. Each is built to 
individual order in the United States. 
Engineers at the factory are available 
to custom tailor a NEOTEK to your 
most demanding installation. 

Choose NEOTEK 

LET OTHERS COMPROMISE 

Chicago, Illinois 60657 U.S.A. 
312 -929 -6699 

NAB Booth 408. 
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often impractical to mix more than a 
minute or so of program at a time, 
because of the number of adjustments 
and changes needed in an active or 
heavily edited scene. 

Lastly, an audio -for -video mix room 
must be capable of accommodating 
fairy large groups of people (there are 
a lot more cooks involved in a televi- 
sion show or commercial than in a 
record project); all of them need to see 
and hear what's going on during the 
session. 

Recording Equipment Selection 
Century III's VP of audio, Rob Hill, 

had strong feelings about the produc- 
tion equipment needed for the new 
Mix to Picture room: "The equipment 
selected was based on projected trends 
in audio -for -video, and the advent of 
Stereo TV. We chose a [Sony] MCI JH- 
636 board with 32 inputs, and we're 
retrofitting every input with custom 
parametric equalizers from Troisi 
Engineering. These have a high -pass 
filter that is continuously variable 
from 31 Hz to 16 kHz - that's a big 
help in cleaning up location tracks." 

Hill had been an engineer at Cen- 
tury III Audio, and later at Interme- 
dia Studios, a Boston recording fac- 
lity that Cibella purchased in 1978. 
Intermedia was also a success but, 
knowing that his future lay in the tel- 
evision business, Cibella sold it in 
1983, bring in Hill over to Century III 
Teleproductions to run the new audio - 
for -video department. 

The final equipment package 
includes the JH -636 console with 
automation, Otani MTR -90 24- track, 
Studer A810 and Otani MX -5050 MkIII 
'4 -inch stereo machines, the former 
with center -track timecode. A BTX 
Softouch SMPTE synchronizer runs 
all the audio transports, in addition to 
RCA 800 one -inch and Sony BVU -800 
3/4-inch video machines, and remote 
Magna -Tech Model 636 35mm mag 
transport. Outboard equipment is 
extensive, featuring the now- common 
array of digital processors, including 
a Lexicon 200 reverb, 1200 Time 
Compressor, and Prime Time II, as 
well as a bank of compressors, limi- 
ters, and noise gates. Monitoring is 
via UREI 811 Time -Align loudspeak- 
ers and Auratone Sound Cubes, 
powered by Bryston 4B and Crown 
D75 amplification. A motorized Kloss 
Novabeam projection screen is avail- 
able for lowering between the UREI 
monitor speakers. 

"The Mix to Pix suite had to inter- 
face with five video edit suites, two 
stages, radio production and our 
duplicating center," Hill points out. 
"When you consider that interfacing 
includes audio, video, and control 
lines you get some idea of the com- 
plexity and scope of this project." 
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Other rooms at Century III include 
SuperSuite Edit C (above), which fea- 
tures a Soundcraft console, and (right) 
Film -to -Tape Transfer Suite. 

Acoustic Design Approach 
A space had already been desig 

nated for the audio suite, and Century 
III management decided to sacrifice 
some noise isolation in favor of 
retaining maximum floor space for 
the rooms. Very little music recording 
at high levels was planned for the 
studio, and the function and location 
of adjacent offices and facilities pre- 
sented no leakage problems. 

After examining the site, I decided 
that I could meet most of my design 
criteria for a control room by adding 
one new side wall that would produce 
left -right symmetry without eating up 
too much floor space. The existing 
walls were solidly constructed of two 
layers of gypsum on each side of two - 
by -six wood studs, and would be ade- 
quate for noise isolation and would be 
stiff enough to provide a foundation 
for the subsequent acoustic treat- 
ment. A new front wall was needed in 
the control room, in addition to exten- 
sive work in the studio area. Although 
the isolation requirements for neigh- 
boring rooms were relaxed somewhat, 
it was important that the mix room be 
isolated from mechanical noise gen- 
erated by equipment elsewhere in the 
building. 

The new audio suite, which is 
located on the second floor of the 
building, would lie directly beneath 

- the Author - 
Vin Gizzi is a principal of Benchmark Asso- 
ciates, a New York City firm specializing in 
the design of technical facilities. 

the 30 -ton air conditioning units - all 
of Century III's rooftoop system. The 
units produce a great deal of noise, 
most of it low- frequency, and much of 
it was finding its way into the pro- 
posed building area. I specificed new 
spring mounts for all air -conditioning 
units which, combined with resilient 
couplings installed on each section of 
duct leaving or entering a unit, elimi- 
nated structure -borne noise problems. 
Acoustic noise was another matter, 
however, and an additional ceiling 
was needed in the mix suite to control 
it. In order to retain maximum head- 
room, new ceiling joists were resil- 
iently hung from the existing struc- 
ture, and faced with two layers of 
`/K -inch gypsum board. 

Another troublesome source of noise 
proved to be the main electrical ser- 
vice panel for the building, which was 
located in the area intended for the 
voice studio. Since the relocation of 
hundreds of electrical cables was con- 
sidered completely impractical, pro- 
visions had to be made to deal with 
the abundant 60 Hz hum radiating 
from the service boxes, while still 
allowing regular access to them. The 
solution was to close off as much of 
the service area as possible with a 
heavy wall. To effect the required 
sound isolation, doors made of a 
sandwich of chipboard and sheetrock 



were then fitted to the openings. The 
doors are hung from piano hinges 
along one side, and close against 
wood stops faced with neoprene seals. 

Because of the limited depth avail- 
able in the room, it was decided to lay 
out the control room with a client area 
located to the left of the mixing engi- 
neer, rather than in back of him. This 
layout resulted in a room similar to 
many recording studio control rooms, 
with tape machines being situated to 
the engineer's left, and outboard 
equipment behind him. 

I knew immediately that, in order to 
fit all necessary elements into such a 
small space, it would be necessary to 
combine architectural, acoustic and 
mechanical functions in a complex 
way. Overhead polycyndrical diffus- 
ers in the mix room double as mem- 
brane absorbers, controlling the 
reverberation time of the room in the 
100 to 200 Hz range. The diffusers also 
house low -voltage spotlights, mounted 
in small sealed cavities, that provide 
illumination at the console. The 
geometry and finish of the diffusers - 
random-width oak boards with a 
high -gloss varnish - also provide a 
visual focus for the room's interior 
design. 

A suspended ceiling panel over the 
room's central area conceal air - 
conditioning ducts, and holds recessed 
lighting for the client area. The panel 
is faced top and bottom with two 
inches of Owens Corning 703 rigid 
fiberglass, covered with stretched 
fabric. 

The overall acoustic design was 
aimed at keeping the amount of 
absorptive material to a minimum by 
placing it carefully. This was done for 
two reasons: the need to conserve 
every inch of space; and to keep the 
room as diffuse and live as possible. 
Most of the sound absorption mate- 
rial is located in the ceiling to elimi- 
nate disturbing overhead reflections 
originating from the monitor speaker 
positions. Ray diagrams were used to 
locate areas of the side walls that 
could be sources of early reflections at 
the mixing position; these are also 
covered with absorbent material. A 
small section of the rear wall is also 
treated to prevent flutter echoes 
between it and the control -room 
window. 

The front wall features a large 
arched window divided functionally, 
but not visibly, in two; the left side 
looks conventionally into the studio, 
while the right side forms the face of a 
blacked -out cavity that holds the 
video monitor. The actual division of 
space happens behind the glass, so 
that no seam or mullion is visible 
from the front. If the recording studio 
is not in use and lights are off there, 
the observer sees only a large tinted 

panel with the video monitor "float- 
ing" behind it. 

The Acid Test 
Thanks to the high level of crafts- 

manship practiced by Century III's 
own building crew, the operating staff 
considers that the project turned out 
beautifully. Sessions in the room have 
been described by clients as smooth 
and remarkably free from the usual 
start -up bugs. Synchronizing audio 
tape machines to remote VTRs and 
even remote film dubbers is now a 
routine procedure. 

The facility has been very heavily 
booked since it opened, and it looks as 
if Century III's assessment of its 
market was correct. Client reaction 

has been very good, says Cibella. 
"We're especially pleased with the 
acoustic performance of the mix room. 
Mixes relate very well to the real 
world, which our clients consider very 
important. Clients also appreciate the 
quality of the product they're getting, 
and the speed with which it's 
produced. 

"Of course the real measure of a 
room's success is in its popularity," he 
continues. "Mix to Picture is in use 
about 16 hours a day, which is terrific. 
But it's very gratifying to use - hav- 
ing tried to be relatively visionary in 
planning this room - to have our 
instincts proved out, not only about 
our marketplace, but also the design 
we thought would work for it." 

David Smith of Editel. NY states in an intercompany telcom c4 test 
report:'The results are nothing short of amazing, but the numbers will best speak for 

themselves.' Signal to noise on Ampex VPR -2 improved from 51 dB to 77 dB and on a Sony BVH 

2000 from 52 dB to 80 dB using telcom c4." 

Most o e8R5 `! fm c4 
ui are equipped with t 

Users already selected telcom c4 are available for 1, 2 (stereo) and 
as the most suitable NR System 3 channels, for simultaneous 
for type C VTRs. The new telcom encode /decode and automatic 
c4 units are now designed to switching. 
improve the sound of type C Furthermore, telcom c4 is used in 
VTRs. telcom c4 creates lower connection with ATRs, line and 
distortion from tape, better satellite transmission. Don't you 
crosstalk attenuation, improved also need super sound for stereo 
headroom plus a 25 dB gain in or copying? 
dynamic range. No line -up pro- Just contact us for further infor- 
cedures. telcom c4 units for VTRs mation. - 
Contact: 

Solway Inc, P.O. Box 7647, 
Hollywood, FL 33081 
Phone 13051 962 -8650, Telex 467257 

i 
Telecommunications 

ANT Nachrichtentechnik GmbH 
Lindener Str. IS D -3340 Wolfenbüttel 
Phone 10 5 3 311 83-0 Telex 95651 ant d 

Authorized Dealers Commercial Electronics Ltd. Vancouver , B.C., Everything Audio, Los Angeles; Hy James, 
Michigan; J Mar Electronics Ltd., Toronto, Ontario; Martin Audio /Video Corp., New York, NY; Milam Audio, Illinois; 
Pro Recoromg B Sound, Boston; Sound Genesis, San Francisco; Straight Wire Audio, Virginia; Valley Audio, Nashville 

Hear it to believe it at NAB Booth "H" 2345 
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Thø Dírøctory 
R -e /p's Product Listing of TAPE MACHINES AND SYNCHRONIZERS 

Even though the company's products are no longer being manufactured, listings are provided for 
Ampex Corporation and Soundstream, to provide suitable information for purchasers of used equipment. 

A.C.E.S. 
U.S. Distributor: 

Mammoth Marketing 
P.O. Box 6493 

Thousand Oaks, CA 91359 
Phone: (805) 496 -2969 

TR -45 
Tracks /Speeds: Four -track; 15 and 30 ips. 
Formats: Half -inch. 
Frequency Response: 20 Hz to 20 kHz, ±3 
dB. 
Distortion: 0.8% (tape). 
Signal -to -Noise Ratio: -62 dB A weighted. 
Wow and Flutter: 0.04% typical at 30 ips. 
Selected Standard Features: Switchable 
EQ; remote return to zero. 
Price Range: $6,450. 

TR -24, TR -16 
Tracks /Speeds: 16- and 24- track; 15 and 30 
ips 
Formats: Two -inch. 
Frequency Response: 44 Hz to 18 kHz, +1.5 
dB / -1 dB (record /play). 
Distortion: 0.8% (tape) at 320 nWb /m. 
Signal -to -Noise Ratio: -64 dB average; 60 
dB A weighted. 
Wow and Flutter: 15 ips =0.06% maximum; 
30 ips = 0.04% maximum DIN weighted. 
Selected Standard Features: Remote 
standard, nine -memory auto locator 
optional; EQ switching follows tape speeds. 
Price Range: TR -16: $14,950; TR -24: 
$18,950; (Remote Auto Locator: $1,000). 

TR -25, TR -225 
Tracks /Speeds: Two -track; 15 and 30 ips. 
Formats: Quarter -inch and half -inch. 
Frequency Response: 20 Hz to 20 kHz, ±1.5 
dB (record /play). 
Distortion: 0.8% (tape). 
Signal -to -Noise Ratio: 0.03% typical at 30 
ips. 
Wow and Flutter: 15 ips = 0.06% maximum; 
30 ips = 0.04% maximum DIN weighted. 
Selected Standard Features: Auto- switch- 
ing EQ; remote zero return. 
Price Range: $4,900. 

1610, 1610/8 
Tracks /Speeds: Eight- and 16- track; 15 and 
30 ips. 
Formats: One -inch. 
Frequency Response: 45 Hz to 21 kHz, +2 

dB. 
Distortion: 0.8% (Tape). 
Signal -to -Noise Ratio: -64 dB at 15 ips; -69 
dB at 30 ips. 
Wow and Flutter: 0.05% at 30 ips. 
Selected Standard Features: Nine -memory 
Autolocator; auto switching EQ. 
Price Range: 1610: $11,950 including loca- 
tor remote; 1610/8: $9,950 including loca- 
tor remote. 

TR -532 
Tracks /Speeds: Eight -, 16 -, 24 -track 
Formats: One- and two -inch. 
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Frequency Response: 30 Hz to 20 kHz, +1 

dB / -3 dB at 15 ips (record /play); 50 Hz to 
20 kHz, +1/ -3 dB at 30 ips. 
Distortion: 0.8% (Tape). 
Signal -to -Noise Ratio: -63 dB at 30 ips A 
weighted (24- track). 
Wow and Flutter: 0.04% weighted. 
Selected Standard Features: ATC 35 
memory locator. 
Price Range: TR -24: $39,550; TR -16: 
$29,200; TR -8: $25,950. 

AKAI 
U.S. Distributor: IMC 

1316 E Lancaster 
Fort Worth TX 76102 

Phone: (817) 336 -5114 

MG1212 
Tracks /Speeds: 12 audio plus two data - 
control 
Formats: Custom half -inch cassette. 
Frequency Response: 50 Hz to 20 kHz, ±3 
dB. 
Distortion: 0.5% 0 dB, 1 kHz; -3% +12 dB, 1 

kHz. 
Signal -to -Noise Ratio: -94 dB (NAB auto), 
reference 3% THD at 315 Hz. 
Wow and Flutter: 0.03% WRMS. 
Selected Standard Features: Built -in 12- 
channel mixer; digital bussing; auto punch 
in /out; auto mute; auto location; dbx 
noise reduction. 
Price Range: $6,995. 

AMPEX CORPORATION 
401 Broadway 

Redwood City, CA 94063 
Phone: (415) 367 -2011 

ATR- 116/124 
Tracks /Speeds: Eight-, 16-, 24- track; 71/2, 

and 30 ips. 
Formats: One- and two -inch. 
Frequency Response: Operating level 370 
nWb /m using Ampex 456 tape. At 30 ips: ±2 
dB, 40 Hz to 30 kHz; at 15 ips: 25 Hz to 20 
kHz. 
Distortion: (Applies to overall record /re- 
produce distortion, reference 370 nWb /m.) 
Even -order distortion is less than 0.1% at 1 

kHz; third harmonic distortion at 1 kHz 
less than 0.3 %; SMPTE IM distortion less 
than 4% of 740 nWb /m for NAB equaliza- 
tion; less that 3% at 740 nWb /m for 
IEC /AES equalizations. 
Signal -to -Noise Ratio: Unweighted. 16- 
track: at 30 ips, -72 dB; at 15 ips NAB, -69 
dB. 24- track: at 30 ips, -69 dB; at 15 ips 
NAB, -66 dB. 
Wow and Flutter: Unweighted. 30 ips NAB 
0.03% RMS; at 15 ips 0.04 %. 
Selected Standard Features: Single point 
search -to -cue; variable speed shuttle, 
monitor memory function; four switch- 

able EQs; 16 -inch reel capacity; variable 
speed operation; auto -bias (optional). 
Price Range: Not applicable. 

ATR -100 
Tracks /Speeds: Full -, two -, and four -track; 
33/4 to 30 ips. 
Formats: Quarter- and half -inch. 
Frequency Response: Operating level 370 
nWb /m using Ampex 456 tape: ±2 dB, at 30 
ips, 35 Hz to 28 kHz; at 15 ips, 20 Hz to 20 
kHz. 
Distortion: (Applies to overall record /re- 
produce distortion.) Even -order distortion 
1 kHz at 370 nWb /m is less than 0.1 %; third 
harmonic distortion at 1 kHz less than 0.3% 
at 370 nW /m; SMPTE IM distortion less 
than 1% at 370 nWb /m. 
Signal -to -Noise Ratio: Unweighted. Full - 
track: at 30 ips -77 dB; 15 ips NAB -73 dB. 
Two- and four -track 30 ips: -72 dB; at 15 ips 
NAB -69 dB. 
Wow and Flutter: NAB RMS unweighted 
30 ips 0.03 %; at 15 ips 0.04 %. 
Selected Standard Features: Optional ver- 
sion for disk mastering; half -inch, two - 
track mastering operation (option); multi - 
or single -point search -to -cue (option); 
variable speed operation; selectable four - 
speed operation; 14 -inch reel capacity; 
rack mountable. 
Price Range: Not applicable. 

ATR -800 
Tracks /Speeds: Full -, two -, and four -track; 
71/2, 15 and 30 ips. 
Formats: Quarter -inch and half -inch. 
Frequency Response: Operating level 370 
nWb /m using Ampex 456 tape, ±2 dB; at 30 
ips: 50 Hz to 24 kHz; at 15 ips: 30 Hz to 20 
kHz. 
Distortion: Record /repro: Even -order dis- 
tortion 1 kHz at 1,040 nWb /m is less than 
0.2%; third harmonic distortion at 1 kHz 
less than 0.3% at 370 nWb /m; SMPTE IM 
distortion less than 1.5% at 370 nWb /m. 
Signal -to -Noise Ratio: Unweighted. Full - 
track: 30 ips: -73 dB; 15 ips NAB: -70 dB. 
Two- and four -track 30 ips: -68 dB; 15 ips: 
-66 dB. 
Wow and Flutter: Unweighted: 30 ips NAB 
RMS 0.03 %; at 15 ips 0.04 %. 
Selected Standard Features: Single point 
search -to -cue; variable speed shuttle, 
monitor memory function; four switcha- 
ble EQs; 16 -inch reel capacity; variable 
speed operation; auto -bias (optional). 
Price Range: Not applicable. 

COMPUSONICS 
323 Acoma St. 

Denver, CO 80223 
Phone: (303) 698 -0060 

DSP -2002 
Tracks /Speeds: Two -track; digital recor- 
ding /editing system. 
Formats: Hard -disk based; 48 kHz sam- 



The RPGTM Acoustical Diffusor 

Acorn Sound Recorders 

There has always existed a need in architectural acoustics for an attractive, modular surface treat- 
ment which would efficiently diffuse, i.e. uniformly distribute rather than absorb or attenuate, the 
acoustical energy in an enclosed space. RPG Diffusor Systems has recognized this need and 
pioneered the development of the RPG Acoustical Diffusor, which provides a high.y diffusing 
surface that efficiently backscatters sound over a broad range of frequencies, with uniform wide - 
angle coverage. These desirable diffusive properties cannot be obtained to the same degree with 
conventional surface treatments, which employ geometrically irregular shapes, polycylindrical col- 
umns an /or alternating reflecting and absorbing panels. Many years of theoretical research and 
development, experimental testing and psychoacoustical evaluation have verified the effectiveness 
of the RPG Diffusor System. RPG Acoustical Diffusors consist of a series of wells of different depths, 
based on quadratic residue sequences, and are constructed from hand -rubbed lacquered 
hardwood and anodized aluminum for a truly handsome appearance. 

The RPG Diffusor represents an acoustical design component which was formerly unavailable. 
Architectural acoustic designers now have at their disposal all of the required acoustical ingredients 
(absorption, reflection and diffusion), for exemplary and reproducible room design. Vrtually any 
critical listening or performance environment can be enhanced by appropriate use of the RPG 
Acoustical Diffusor. 

Auditoriums 
Churches 
Theaters 
Conference Rooms 
Concert Halls 

Rehearsal Spaces 
Orchestral /Choir Shells 
Audio /Video Recording Studios 
Radio /TV Announce Booths 
Mobile Studios 

Recording /Broadcast Control Rooms 
Disc Mastering Control Rooms 
Film Mix /Editing Control Rooms 
Exhibit Demo Rooms 
Acoustical Ceiling Systems 

Below we have I sted a few of the growing number of users who have joined the RPG Diffusor 
System: 

ACORN SOUND RECORDERS 
Hendersonville, TN 
ASTORIA MUSIC 
New York, NY 
CHICAGO RECORDING CO. 
Chicago, IL 

MASTERMIX 
Nashville, TN 

NEW AGE SIGHT AND SOUND 
Atlanta, GA 
OTIS CONNER PRODUCTIONS 
Dallas, TX 
RCA DIGITAL EDITING SUITE 
New York, NY 

SIGMA SOUND 
New York, NY 

All 2' x 4' modular models are now in stock. 
For more information write or call: 

RPG DIFFUSOR SYSTEMS, INC. 
12003 Wimbleton Street 
Largo, Maryland 20772 
301-249-5647 

RPGTM is a registered trademark of RPG Diffusor Systems, Inc. 

JIMMY SWAGGART 
WORSHIP CENTER 
Baton Rouge, LA 
TELE -IMAGE 
Las Colinas, TX 
TRC STUDIOS 
Indianapolis, IN 

WFMT RADIO 
Chicago, IL 

RPG DIFFUSOR SYSTEMS, INC. 
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Th Directory 
pling frequency. 
Frequency Response: 0 Hz to 20 kHz. 
Distortion: Less than 0.01% third harmonic 
at 1 kHz 10 V peak to peak. 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: "Ummeasurable." 
Selected Standard Features: Computer 
audio console; recording and signal pro- 
cessing, and SMPTE timecode interface, 
editing facilities; menu -driven software 
environment; stereo /mono audio under 
software control; random access and play- 
back in programmable sequence (no tape 
rewind or cueing); optional data reduction 
for increased storage. 
Price Range: $34,000. 

dbx, INCORPORATED 
71 Chappel Street 
Newton MA 02195 

Phone: (617) 964 -3210 

Model 700 
Tracks: Two- track, stereo. 
Formats: NTSC standard video format on 
half -inch VHS or 3/4 -inch U- Matic; Corn - 
panded Predictive Delta Modulation. 
Frequency Response: (Sinewave or pink 
noise, 100 millivolts input, reference record 
position) 20 Hz to 20 kHz, ±0.5 dB. 
Distortion: Total harmonic distortion 1 volt 
input, 1 kHz: less than 0.05 %. 
Signal -to -Noise Ratio: Dyamnic range 
(maximum RMS signal at 1 kHz to A- 
weighted noise, 20 Hz to 20 kHz: 110 dB, 
typical. 
Wow and clutter: Less than 0.01% 
unweighted; less that 0.006% weighted 
RMS. 
Selected Standard Features: Microphone 
gain selectable from 20 to 60 dB; input gain 
control; pre- and post -clip LEDs indicate 
overload before or after gain adjustment 
on each channel; main output signal 
switch selectable between digital decoder 
and VCR analog audio output (analog 
scratch track synced to the digitized sig- 
nal); switch -selectable meter for each 
channel; headphone jack with volume 
control; plus video lock, LED standby, LED 
video unlock, and error correct LED. 
Price Range: $4,600. 

FOSTEX CORPORATION 
15431 Blackburn Avenue 

Norwalk, CA 90650 
Phone: (213) 921 -1112 

Model 250 
Tracks /Speeds: Four -track; 17/8 and 33/4 ips; 
built -in mixer. 
Formats: Compact cassette. 
Frequency Response: 20 Hz to 18 kHz (40 
Hz to 14 kHz, +2 dB / -3 dB at OVU). 
Distortion: Mixer section: better than 
0.05% at 1 kHz nominal level; Recorder 
section: 1.5% at 315 Hz, OVU overall. 
Signal -to -Noise Ratio: Mixer overall -75 dB 
weighted; recorder -71 dB weighted with 
built -in Dolby C. 
Wow and Flutter: 0.07 weighted peak 
(IEC /ANSI). 
Selected Standard Features: Four input, 
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four -track portable studio. 
Price Range: $1,300. 

Model A -2 
Tracks /Speeds: Two -track; 71/2 and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 40 Hz to 22 kHz, ±3 
dB at 15 ips; 40 Hz to 20 kHz, ±3 dB at71ips 
NAB equalization. 
Distortion: THD less than 1% at 1 kHz OVU. 
Signal -to -Noise Ratio: -63 dB at both 
speeds, referenced to 1 kHz, 3% THD level. 
Wow and Flutter: ±0.06% peak (IEC /ANSI) 
weighted at 15 ips, 0.10 %, peak (IEC /ANSI) 
at 71/2 ips. 
Selected Standard Features: Port for auto 
switching of noise reduction; fully re- 
motable. 
Price Range: $850. 

Model A -4 
Tracks /Speeds: Four -track; 7'/2 and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 40 Hz to 22 kHz, t3 
dB at 15 ips; 40Hzto20 kHz, t3dBat71ips 
NAB equalization. 
Distortion: THD less than 1% at 1 kHz OVU. 

Signal -to -Noise Ratio: -63 dB at 15 ips, and 
-60 dB at 71/2 ips referenced to 1 kHz, 3% 
THD level. 
Wow and Flutter: ±0.06% peak (IEC /ANSI) 
weighted at 15 ips, 0.10 %; peak (IEC /ANSI) 
at 71/2 ips. 
Selected Standard Features: Noise reduc- 
tion can be auto switched using rear port; 
full IC logic transport. 
Price Range: $1,450. 

Model A -8 /A -8LR 
Tracks /Speeds: Eight- track; 15 ips. 
Formats: Quarter -inch. 

Frequency Response: 45 Hz to 18 kHz, ±3 
dB. 
Distortion: THD less than 1 %at 1 kHz OVU. 

Signal -to -Noise Ratio: -7 dB weighted, ref- 
erenced to 1 kHz, 3% THD level. 
Wow and Flutter: ±0.06% peak (IEC /ANSI) 
weighted. 
Selected Standard Features: IC logic servo - 
control transport fully remotable; three - 
motor transport with DC servo capstan; 
integral Dolby C noise reduction; auto 
sync switching. 
Price Range: A -8: (records four tracks at a 

time) $2,000; A -8LR: (records eight tracks 
simultaneously) $2,500. 

Model B -16 
Tracks /Speeds: 16- track; 15 ips. 
Formats: Half -inch. 

Frequency Response: 40 Hz to 18 kHz, t3 
dB. 
Distortion: THD 1% at 1 kHz. 
Signal -to -Noise Ratio: -80 dB weighted, 
-60 dB unweighted with built -in Dolby C. 
Wow and Flutter: ±0.05% peak (IEC /ANSI) 
weighted. 
Selected Standard Features: SMPTE ready; 
integrated Dolby C; real -time counter; IC 
logic transport; available with half -inch 
eight -track playback and 30 ips speed. 
Price Range: B -16: $5,900; B -16D: $6,800. 

Model B -16DM 
Tracks /Speeds: 16- track; 15 ips. 
Formats: Half -inch. 
Frequency Response: 40 Hz to 18 kHz, ±3 
dB. 
Distortion: THD 1% at 1 kHz. 
Signal -to -Noise Ratio: -80 dB weighted, 
-60 dB unweighted with built in Dolby C. 
Wow and Flutter: ±0.05% peak (IEC /ANSI) 
weighted. 
Selected Standard Features: Direct -drive, 
PLL capstan motor; integrated Dolby C; 
synchronizer ready; real -time tape coun- 
ter; three -head machine; 16 independent 
channels of monitoring; remote including 
headphone amplifier. 
Price Range: $9,600 

JVC COMPANY OF AMERICA 
41 Slater Drive 

Elmwood Park, NJ 07407 
Phone: (210) 794 -3900 

V P -900 
Tracks: Two- track; PCM digital processor 
Formats: Three -quarter or half -inch video- 
tape. 
Frequency Response: 10 Hz to 20 kHz, ±0.5 
dB 
Distortion: Less than 0.02% at 1 kHz, 19 
dóm output. 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: "Below measurable 
limits." 



Selected Standard Features: Optional 
pre- emphasis. 
Price Range: $20,400. 

LYREC 
U.S. Distribution: 

Mammoth Marketing 
P.O. Box 6493 

Thousand Oaks, CA 91359 
Phone: (805) 496 -2969 

TR -55 
Tracks /Speeds: Two- and four -track; 15 
and 30 ips. 
Formats: Quarter- and half- nch. 
Frequency Response: 30 Hz to 19 kHz, ±2 
dB at 15 ips (record /play). 
Distortion: 0.8`i. (tape). 
Signal -to -Noise Ratio: -68 cB A weighted 
at 15 ips. 
Wow and Flutter: 0.04% maximum RMS 
weighted. 
Price Range: TR -55 2/2 half -inch stereo 
two -track $11,350; TR -55 2/2.5 quarter - 
inch stereo two -track $7,950; TR -55 4/5 
half -inch four -track TB.A. 

TR 532 
Tapes /Speeds: Eight -, 16 -, and 24- tracks; 
15 and 30 ips. 
Formats: One- and two -inch. 
Frequency Response: 30 Hz to 20 kHz, +1 

dB / -3 dB at 15 ips; 50 Hz to 20 kHz, +1 

dB / -3 dB at 30 ips. 
Distortion: 0.8% (tape). 
Signal -to -Noise Ratio: -63 dB, A weighted 
at 30 ips, 24- track. 
Wow and Flutter: 0.4% weighted. 
Selected Standard Features: ATC 35 
memory locator. 
Price Range: TR -24: $39,000; TR -16: 
$29,200; TR -8: $25,950 

MITSUBISHI ELECTRIC 
CORPORATION 

U.S. Distributor: Digital 
Entertainment Corporation 

87 Sand Pit Road 
Danbury, CT 06810 

Phone: (203) 743 -0000 

Mitsubishi X -800 
Tracks /Speeds: 32 tracks; 30 ips. 
Formats: One -inch. 
Frequency Response: 20 Hz to 20 kHz, t1 
dB; 50 Hz to 20 kHz, +1 d6/ -0.5 dB. 

Distortion: Less than 0.05% 
Signal -to -Noise Ratio: Better than -90 dB. 
Selected Stadard Features: Full autolocate 
unit including : operation by int /ext 
SMPTE code or TACH; memory for up to 
99 takes times /events: memory for four- 

channel groups; memory for four channel 
setups; variable operation of ±10 %; auto- 
matic punch -in and -out; 99 take time 
memories; search -to -zero; search stop; 
search play; "auto- mark" memory; 9.6 
kHz SMPTE input; digital ping -pong panel; 
and razor editing. 
Price Range: List $170,000. 

Mitsubishi X -80 
Tracks /Speeds: Stereo 15 ips, digital mas- 
tering machine. 
Formats: Quarter -inch. 
Frequency Response: 20 Hz to 20 kHz, t 1 

dB; 50 Hz to 20 kHz, +1 dB/ -0.5 dB. 
Distortion: Less than 0.05 %. 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: "Immeasurably low." 
Selected Standard Features: Cut and splice 

editing; error -correction; VU and peak 
metering; synchronizable with DEC VCO 
(option); analog cue track; SMPTE chan- 
nel; monitor outputs; XLR input /output; 
remote autolocater unit (option); portable 
console configuration (with studio -cart 
option); varispeed. 
Price Range: List $27,000. 

NAGRA MAGNETIC 
RECORDERS, INC. 

1147 North Vine Street 
Hollywood, CA 90036 
Phone: (213) 469 -6391 

IV -STC 
Tracks /Speeds: Two audio and one SMPTE 

SPEND MORE TIME MAKING: 
MUSIC FOR AUDIO 

MUSIC FOR VIDEO 

MUSIC FOR FILM 

MUSIC FOR MONEY! 
it's 

SMPLT.M. 

Get the most complete synchronizer system on the market today! You'll 
spend more time making music while the SMPL System's 10 point 
autolocator quickly locates audio. video and MIDI tracks and synchronizes 
audio /audio. audio /video. MIDI /time code. 

SMPL supports all North 
American and European video 
and film formats. 

Automatic punch in and 
punch out, time code 
metronome. recorder remote 
control and many more user 
friendly production tools are 
at your fingertips. 

And, all this costs a lot less 
than you ever imagined. 

VTR AMAI 

MASTT ER 

ATR 
SLAVE r - r 

<n 
-4 

DRUM SET 

SEQUENCER, 
4 DIGITAL ETODARD 

RECORDER 

Is ST ESiZERi':i 

f' cAMOUNT 

y.w..... t . SMPL SYSTEM CONSOLE 

-l _- lt-s- 
See the 

SMPLT.M. System 
Now available with 

SMPLT.M. Lock and 
MIDI instrument sync 
option...at your local 
music or pro audio dealer. 

I /I/ /I/ /I/ /I// SYNCHRONOUS TECHNOLOGIES 
P.O. Box 14467 1020 W. Wilshne Blvd. Okla. City. OK 73113 (405)842-0680 
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The Direc tory 
timecode. 
Formats: Quarter -inch. 
Frequency Response: 30 Hz to 20 kHz, t 1 

dB. 
Distortion: At MPL below 1% third har- 
monic 

Signal -to -Noise Ratio: -74 dB at 15 ips 
NAGRAMASTER; -71 dB at 71/2 ips NAB. 
Wow and Flutter: t 0.05% at 15 ips. 
Selected Standard Features: Center -track 
SMPTE /EBU timecode. 
Price Range: $7,932. 

OTARI CORPORATION 
2 Davis Drive 

Belmont, CA 94002 
Phone: (415) 592 -8311 

MIR-10, -12 
Tracks /Speeds: Two- and four -track; 33/4 to 
30 ips. 
Formats: Quarter- and half -inch. 
Frequency Response: 18 Hz to 27 kHz, +5 
dB / -2 dB at 15 ips. 

Distortion: Less than 0.15% 1 kHz refer- 
enced at 250 nWb /m. 
Signal -to -Noise Ratio: -73 dB, 3% third 
harmonic noise floor, 18 Hz to 30 kHz 
unweighted. 
Wow and Flutter: Less than 0.04% DIN 
45507. 
Selected Standard Features: Microproces- 
sor controlled transport; selectable cali- 
bration; full- function auto locate and 
remote available; optional MTR -10/12 
quarter -inch, center -track head module 
for SMPTE /EBU tracking; MTR -12 handles 
12 -inch reels, and is optimized for 15/30 ips 
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speeds. 
Price Range: MTR -10 -2: $6,450: MTR -10 -4: 
$8,450; MTR -12 -2: $6,800; MTR -12 -4: 
$8,800. 

MTR -20 
Tracks /Speeds: Two- and four- track; 33/4 to 
30 ips. 
Formats: Quarter- and half -inch. 
Frequency Response: 35 Hz to 28 kHz, t 2 

dB at 30 ips. 
Distortion: 0.2'X, 1 kHz referenced at 250 
nWb /m. 
Signal -to -Noise Ratio: -75 dB 3 %, third 
harmonic noise floor, 18 Hz to 30 kHz 
unweighted. 
Wow and Flutter: 0.03% 30 ips NAB 
unweighted. 

Selected Standard Features: Auto align- 
ment; four programmable speed /EQ 
combinations; RS- 232/422 port (option); 
extensive programmable functions; op- 
tional center -track SMPTE timecode. 
Price Range: $11,000 to $13,000. 

MTR -90 
Tracks /Speeds: Eight-, 16-, and 24- track; 15 
and 30 ips. 
Formats: One- and two -inch. 
Frequency Response: 20 Hz to 20 kHz, +1.5 
dB / -2 dB at 15 ips. 
Distortion: Less than 0.015% 1 kHz refer- 
enced at 250 nWb /m. 

Signal -to -Noise Ratio: -74 dB at 30 ips, 3% 
third harmonic noise floor, 18 Hz to 30 kHz 
unweighted. 
Wow and Flutter: Less than 0.04 %, DIN 
45507. 
Selected Standard Features: Pinch- roller- 
less PLL capstan /microprocessor controlled 
servo DC transport; RS -232 interface; 
transformerless input /output. 
Price Range: 24- channel: $38,950; 16 
channel: $27,000; Eight -channel: $21,950; 
16/24 (prewired for 24): $31,650. 

MX5050B -1I 
Tracks /Speeds: Two -track; 71/2, 15 and 30 
ips. 
Formats: Quarter -inch. 
Frequency Response: 30 Hz to 20 kHz, t 2 
dB at 15 ips. 
Distortion: Less than 0.05 %, 1 kHz refer- 
enced at 250 nWb /m. 
Signal -to -Noise Ratio: -72 dB at 30 ips, 3% 
third harmonic noise floor, 30 Hz to 18 kHz 
unweighted. 
Wow and Flutter: Less than 0.04% NAB 
weighted. 
Selected Standard Features: Transform - 
erless balanced; +4 or -10 dBu operating 
level; microprocessor controlled real -time 
counter; three speeds with switchable 
pairs. 
Price Range: $2,295 (also available in full - 
track and quarter -track formats). 

MX5050BQ -11 

Tracks /Speeds: Four -track; 71/2 and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 30 Hz to 20 kHz, t 2 
dB at 15 ips. 
Distortion: Less than 0.07% 1 kHz refer- 
enced at 1 kHz 250 nWb /m. 
Signal -to -Noise Ratio: -66 dB 3% third 
harmonic noise floor, 30 Hz to 18 kHz 
unweighted. 
Wow and Flutter: Less than 0.04% NAB 
weighted. 

Selected Standard Features: Mike /line 
mixing; selectable headphone 
ing; microprocessor- controlled 
LED display. 
Price Range: $2,295. 

MX5050 MARKIII -8 
Tracks /Speeds: Eight- track; 71/2 and 15 ips. 
Formats: Half -inch. 

mon itor- 
counter- 

Frequency Response: 40 Hz to 25 kHz, t2 
dB at 15 ips. 
Distortion: Less than 0.07'% 1 kHz refer- 
enced at 250 nWb /m. 
Signal -to -Noise Ratio: -68 dB at 30 ips, 3% 
third harmonic noise floor, 18 Hz to 30 kHz 



unweighted. 
Wow and Flutter: Less than 0.06% NAB 
weighted. 
Selected Standard Features: Exterior oscil- 
lator input; dump edit; cue mode; CB -116 
Autolocator and CB -110 remote controller 
available; also available in four -track, half - 
inch and two- track, quarter -inch versions. 
Price Range: $5,295; CB116: $695; CB110: 
$650 (four- track: $3,895; two -track: $2,795). 

MX-70 
Tracks /Speeds: Eight- and 16- tracks; 71/2, 

15, and 30 ips. 
Formats: One -inch (half -inch optional.) 
Frequency Response: 55 Hz to 22 kHz, t 2 

dB at 15 ips. 

Distortion: Less than 0.2% referenced at 1 

kHz at 250 nWb /m. 
Signal -to -Noise Ratio: -68 dB one -inch 16- 
track; -72 dB one -inch eight- track. 
Wow and Flutter: Less than 0.04°/q DIN 
45507. 
Selected Standard Features: Four models: 
one -inch 16- track; one -inch eight- track; 
one -inch eight -track prewired for 16 
tracks; any of three models convertible to 
half -inch eight- track. 
Price Range: One -inch 16 -track $14,950; 
eight -track (prewired for 16- tracks) $13,500; 
one -inch eight -track $12,000. 

L.J. SCULLY 
138 Hurd Street 

Bridgeport, CT 06644 
Phone: (203) 368 -2332 

LJ -12 
Tracks /Speeds: Two- or four -track; 334, 
71/2, 15, and 30 ips. 
Formats: Quarter- or half -inch. 
Frequency Response: 40 Hz to 12 kHz, ±1.5 
dB at 33/4 ips; 35 Hz to 18 k Hz, ±1.5 dB at 71/2 

ips; 30 Hz to 22 kHz, t1.5dBat15ips; 40 Hz 
to 28 kHz, ±1.5 dB at 30 ips. 
Distortion: Less than 1% THD at 250 
nWb /m at 15 ips. 
Signal -to -Noise Ratio: -68 dB at 15 ips, 
unweighted 30 Hz to 18 kHz reference 510 
nWb /m. 
Wow and Flutter: Less than 0.04% at 15 ips 
(DIN 45507 weighted). 
Selected Standard Features: Four speed, 
microprocessor controlled. 
Price Range: $7,000+. 

SONY PROFESSIONAL 
PRODUCTS COMPANY 

Sony Drive 
Park Ridge, NJ 07656 
Phone: (201) 930 -1000 

MCI /JH -24 
Tracks /Speeds: Eight-, 16-, and 24- track; 15 

and 30 ips. 
Formats: One- and two -inch. 
Frequency Response: 30 ips AES 36 Hz to 26 
kHz, +1.5 dB / -3 dB; 15 ips NAB 30 Hz to 26 
kHz, +1.5/ -2 dB. 

mmmmmmmm 
mmmmmmmm 

Formats: One -inch. 
Frequency Response: 30 ips AES 40 Hz to 28 
kHz, +0.75 dB / -2 dB; 15 ips NAB 30 Hz to 24 
kHz, +0.75/ -2 dB; record /reproduce 71/2 

ips NAB 30 Hz to 20 kHz, +0.75 dB / -2 dB. 
Distortion: Reference fluxivity 510 nWb /m 
1kHz fundamental third harmonic distor- 
tion: 30 ips AES less than 0.35 %; 15 ips NAB 
less than 0.52 %; 71/2 ips NAB less than 1.6 %. 
Signal -to -Noise Ratio: Reference 510 
nWb /m unweighted 20 Hz to 20 kHz: 30ips 
AES -66 dB; 15 ips NAB -64 dB; 71 /zips NAB 
-63. 
Wow and Flutter: 71/2 less than 0.03 " / DIN 
45507 weighted; 15 ips less than 0.20% DIN 
45507 weighted; 30 ips less than 0.15 %, DIN 
45507 weighted. 

Distortion: Reference fluxivity 510 n W b/m 
1kHz: fundamental third harmonic distor- 
tion: 30 ips AES less than 0.35 %,; 15 ips NAB 
less than 0.5% 
Signal -to -Noise Ratio: Reference 510 
nWb /m unweighted 20 Hz to 20 kHz: 30ips 
AES -67 dB; 15 ips NAB -63 dB. 
Wow and Flutter: 15 ips less than 0.04% 
DIN 45507 weighted; 30 ips less than 0.03% 
DIN 45507 weighted. 
Selected Standard Features: Full function 
remote control. 
Price Range: Eight- track: $17,000; 16- 
track: $22,685; 24- track: $33,729. 

MCI /JH- 110C -8 
Tracks /Speeds: Eight- track; 7'2, 15, and 30 
ips. 

Selected Standard Features: Full function 
remote control, 10 memory autolocator 
included. 
Price Range: $11,470. 

SII'," SHOPPING 
LIST 

1. Stop by SPRAGUE MAGNETICS. 
A. REPLACEMENT HEADS & 

RECORDER SPARE PARTS FOR: 
Ampex, MCI, 3M, Otani, Revox, 
Sony BVH, Teac and Studer. 

B. REPLACEMENT CART HEADS: 
Ampro, ATC, Pacific Recorders, 
ITC, Broadcast Electronics, etc... 

C. REPLACEMENT FILM HEADS: 
Magnasync, Magnatech, MTM, etc... 

D. DUPLICATOR HEADS: 
Cetec Gauss, Electrosound, etc... 

E. REFURBISHMENT SERVICES: 
All types of heads, 24 Hour turn- 
around, FREE evaluation. 

F. ALIGNMENT TAPES: 
MR L, Nortronics and ST L 

SI'InAI:111: 
íiítll:\I:r1'II.S 

INC 
15759 Strathern Street /Van Nuys, CA 91406 

(81 8) 994 -6602 TLX:754239 FAX 81 8- 994 -21 53 

800-553-8712 800-325-4243 N. CA 

February 1985 R -e /p 161 



The D1rec tory 
MCI /1H- 110C -2 

Track /Speeds: Two -track: 3'/., 7r /:, 15 and 30 
ips. 
Formats: Quarter -inch. 
Frequency Response: 30 ips AES 40 Hz to 28 
kHz, +0.75 d6 / -2 dB; 15 ips NAB 30 Hz to 24 
kHz, +0.75/ -2 dB; record /reproduce 7'/ 
ips NAB 30 Hz to 20 kHz, +0.75 dB/1.5 dB. 
Distortion: Reference fluxivity 510nWb /m 
1kHz fundamental third harmonic distor- 
tion:30 ips AES less than 0.35 ", :15 ips NAB 
less than 0.52 %; 71/2 ¡Ps NAB ke,ti than 1.6 %. 

Signal -to -Noise Ratio: Reference 510 
nWb /m unweighted 20 Hz to 20 kHz: 30ips 
AES -66 dB; 15 ips NAB -64 dB; 71/2 ips NAB 

-63. 
Wow and Flutter: 71/2 less than 0.03% DIN 
45507 weighted; 15 ips less than 0.20% DIN 
45507 weighted; 30 ips less than 0.15% DIN 
45507 weighted. 
Selected Standard Features: All DC trans- 
port; built -in autolocator. 
Price Range: $5,400. 

PCM -3324 
Tracks /Speeds: 24- track, PCM DASH - 
format. 
Formats: Half -inch; 15 ips. 
Frequency Response: 20 Hz to 20 kHz, +0.5 
dB / -1 dB. 
Distortion: Less than 0.05 %. 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: "Undetectable." 
Selected Standard Features: Complies with 
DASH format, switchable 48 kHz and 44.1 
kHz sampling frequencies; autolocate at 
any cue point. 
PRICE RANGE: $133,600. 

PCM -3102 
Tracks /Speeds: Two -track, PCM DASH - 
format. 
Formats: Quarter -inch. 
Frequency Response: 20 Hz to 20 kHz. 
Distortion: Less than 0.05 "... 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: Equal to crystal accuracy 
of 0.001'%.. 

Selected Standard Features: Switchable 
44.1 and 48 kHz sampling frequencies; 
built -in timecode generator. 
Price Range: "Call for price." 

PCM -1610 
Tracks /Speeds: Two -track, PCM digital 

SOUND 
INNOVATIONS 
Whether it's a solo instrument or a complex mix, the AN -1 Stereo 
Simulator will do amazing things to your sound! 

Restores natural timbre of acoustic 
instruments - adds warmth and 
reality to synthesized ones. 

Simulates the sound of a spaced pair 
of microphones without loss of mono 
compatibility. 

Adds "air" and "definition" to mix. 
reducing the need for equalization. 

Completely mono -compatible - no fade 
outs or phase problems. 

Simulates space without reverberation 
by using random, non -recursive 
filter techniques. 

Variable width control allows "spread" 
and "size" of image to match sound. 

Hear why we say the AN -1 is the best sound modifier in the business. 
Get a free demo tape by 
contacting your dealer or 
Studio Technologies, Inc. 
7250 North Cicero Avenue 
Lincolnwood, IL 60646 INC. 
312/676 -9177 

STUDIO 
TECHNOLOGIES 
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processor. 
Formats: U -Matic digital audio recording 
tape. 
Frequency Response: 20 Hz to 20 kHz. 

Distortion: Less than 0.05 %. 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: "Undetectable." 
Selected Standard Features: Instant VTR 
interfacing; synchronized operation; dig- 
ital editing; built -in SMPTE timecode 
generator. 
Price Range: $25,000. 

SOUNDCRAFT ELECTRONICS 
1517 20th Street 

Santa Monica, CA 90404 
Phone: (213) 453 -4591 

Series 20 
Tracks /Speeds: Two -track; 15 and 30 ips. 
Formats: Quarter- and half -inch. 
Frequency Response: 50 Hz to 24 kHz, al 
dB at 30 ips; 30 Hz to 20 kHz, ±1 dB at 15 ips. 
Distortion: 0.08% at OVU. 

Signal -to -Noise Ratio: -66.5 dB at 15 ips; 
-69 dB at 30 ips referenced at 510 nWb /m. 
Wow and Flutter: 0.04% DIN. 
Selected Standard Features: Microproces- 
sor control; programmable audio. 
Price Range: $6,500 to $7,600. 

SCM -760 MkIll 
Tracks /Speeds: 16- and 24- track; 15 and 30 
ips. 
Formats: Two -inch. 
Frequency Response: ±2 dB, 40 Hz to 20 
kHz at 15 ips: ±2 dB, 50 Hz to 24 kHz at 30 
ips. 
Distortion: 0.08'%, at OVU. 
Signal -to -Noise Ratio: -63 dB replay; -64 
dB sync with transformer. 
Wow and Flutter: 0.04'X, DIN. 
Selected Standard Features: Noise reduc- 



 

tion switiching; nine- memory autoloca- 
tor; frequency or voltage external refer- 
ence capstan PLL motor. 
Price Range: $17,950 to $24,950. 

SOUNDSTREAM 
2505 Parley's Way 

Salt Lake City, UT 84109 
Phone: (801) 486 -4701 

Soundstream Digital Recorder 
Tracks /Speeds: Eight -track PCM digital 
transport; 30 ips 
Formats: One -inch 
Frequency Response: DC to 21.5 kHz. 
Distortion: Less than 0.25% at all frequen- 
cies less than at 20 kHz and below, and 
levels up to +20 dBm. 
Signal -to -Noise Ratio: Better than -90 dB. 
Wow and Flutter: "Urimeasurable." 
Selected Standard Features: None, all 
machines are the same. 
Price Range: "Negotiable." 

STEPHENS ELECTRONICS 
2025 North Lincoln 
Burbank, CA 91504 

Phone: (818) 842 -5116 

Model 8216 104A QII 
Tracks /Speeds: Four -, eight -, 16 -, 24 -, 32 -, 
and 40- track: 15, 30, 60 ips. 
Formats: Half -inch 
Frequency Response: 15 ips: ±1 dB from 25 
Hz to 18 kHz; 30 ips: ±1 dB from 30 Hz to 25 
kHz. 
Distortion: At 1 kHz less than 0.8'i, refer- 
ence to 200 nWb /m. 
Signal -to -Noise Ratio: 1040 nWb /m (3% 
THD) unweighted, wideband. Tape Stop- 
ped: -80 dB at four -, eight -, and 16- track; 
-77 dB at 24- track; -76 dB at 32- track; -75 
dB at 40- track. 15 ips: -74 dB at four -, eight- 
, and 16- track; -71 dB at 24- track; -70 dB at 
32- track; -69 dB at 40- track. 30 ips: -75 dB 
at four -, eight -, and 16- track; -72 dB at 
24- track: -71 dB at 32- track; -70 dB at 
40- track. 
Wow and Flutter: 15 ips 0.03% WRMS fil- 
ter; 30 ips 0.02') WRMS filter. 
Selected Standard Features: Autolocator, 
interfaces to BTX Shadow, CMX 300, 340, 
etc. Capable of handling 14 -inch reels. 
Price Range: Four -track $16,000, to 40- 
track $64,000. 

STUDER REVOX 
1425 Elm Hill Pike 

Nashville, TN 37210 
Phone: (615) 254 -5651 

B67 
Tracks /Speeds: One- or two- track. Type 

A: 712, 15, 30 ips; Type B: 31/4, 71/2, and 15 
ips. 
Formats: Quarter -inch. 
Frequency Response: 15 ips: 30 Hz to 18 
kHz ,t2 dB. 
Distortion: Maximum 1'%.. 

Signal -to -Noise Ratio: 15 ips two -track -62 
dB above 185 nWb /m. 
Wow and Flutter: 0.06'%., weighted at 15 ips. 
Selected Standard Features: Adjustable 
tape tension; locking tape tension arms; 
selectable NAB or CCIR EQ; optional Pilot - 
tone versions. 
Price Range: Two -track portable: $4,800. 

PR99 Mkll 
Tracks /Speeds: One- or two -track; 33/4, 

71'2, and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 30 Hz to 22 kHz at 15 
ips. 

Distortion: 
at 712 ips. 

s MIME I 

Maximum 0.3'%. at 255 nWb /m 

Signal -to -Noise Ratio: -66 dB ASA -A 
weighted, 75- ips at 510 nWb /m. 
Wow and Flutter: 0.08' . at 71/2 ips (DIN 
45507). 
Selected Standard Features: Real -time 
counter: autolocate; zero locate; vari- 
speed; balancec inputs and outputs. 
Price Range: $2,230. 

A800 Mklll 
Tracks /Speeds: Eight -, -6 -, and 24- track; 15 
and 30 ips. 
Formats: Orle- or two -irch. 

Frequency Response: 30 Hz to 20 kHz, t2 
dB. 
Distortion: 1 maximum. 

The art of 
shaping sound. 

SONEX is a high - performance 
acoustical foam that upgrades í 
your studio inexpensively. J 
Ideal for a temporary iso- ha 

lation booth, it can also 

eliminate slap echo and 
harsh resonances in the 
main room or silence noisy 
tape equipment in the con- 
trol booth.Write for our color 
brochure today. 

Alpha 
Audio 1A. 

2049 West Broad St. Richmond. VA 23220 (804) 358 -3852 
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TAPE 
SYNCHRONIZERS! 

SYSTEM 2600 
"Building Blocks" 

from 
O 
AA 

PLAY -SPEED SYNCHRONIZING 
lock ATRs together 
lock ATRs to video sync 

to lock ATRs to projectors 
lay back audio to video 

CHASE SYNCHRONIZING 
sweeten audio- for -video 
add ATRs to video editing systems 
synchronize to automated mixers 
slave VCRs for digital audio 

REMOTE TRANSPORT CONTROL 
ours, yours or theirs' 
our modular remote (to 500') 
control panels 
your computer, terminal or keyboard 
their* edit controllers or mixers 
CMX, Solid State Logic, Calaway. others 

FULL - FUNCTION AUDIO - 
FOR -VIDEO EDITING 
CONTROL SYSTEMS 

cueing, trimming. looping, displaying, 
jogging, rehearsing, recording. audio 
event editing, and lots more 

FOR DETAILS ABOUT 
SYSTEM 2600 BUILDING BLOCKS. 
CALL, WRITE OR WIRE: 

ADAMSSMITH 
34 Tower Street 
Hudson. MA 07149 USA 
Tel.: 617- 562 -3801 
NYC.: 516- 352 -2341 
TWX: 710- 347 -0096 
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The Direc tory 
Signal -to -Noise Ratio: -74 dB (30 ips at +6 
dB, unweighted). 
Wow and Flutter: Maximum 0.04% at 30 
ips. 
Selected Standard Features: Microproces- 
sor transport control; 14 -inch reel capac- 
ity; timecode channel; master bias control. 
Price Range: $38,590 to $69,500. 

A810 
Tracks /Speeds: One- or two -track; 71/2 and 
15 ips. 
Formats: Quarter -inch. 
Frequency Response: 20 Hz to 20 kHz at 15 
ips. 
Distortion: 0.06% maximum. 

Signal -to -Noise Ratio: 
weighted at 15 ips. 
Wow and Flutter: Maximum 
ips. 
Selected Standard Features: Microproces- 
sor control of transport and electronics; 
center -track SMPTE timecode option; 
programmable features; four tape speeds. 
Price Range: $5,990 to $9,700 

A80VU MkIV 
Tracks /Speeds: Two -, four -, eight-, 16-, 24- 
track; 33/4, 71, 15, and 30 ips. 

-71 dB ASA -A 

0.05% at 15 

Formats: Quarter -, half -, one -, and two - 
inch. 
Frequency Response: 50 Hz to 20 kHz, t2 
dB. 
Distortion: 1% maximum (via tape at 1 kHz, 
NAB equalization, at 510 nWb /m). 
Signal -to -Noise Ratio: -68 dB (24 -track at 
30 ips); -74 dB (half -inch two -track at 30 

ips). 
Wow and Flutter: Maximum 0.04% maxi- 
mum at 30 ips, IEC 368 /DIN 45507. 
Selected Standard Features: Tranformer- 
less in /out; Dolby HX Pro compatible; 20- 
address memory auto locator. 
Price Range: $10,500 (two -track) to $35,000 
(24 -track with auto locator and remote). 

TANDBERG OF AMERICA 
P.O. Box 58 Labriola Court 

Armonk, NY 10504 
Phone: (914) 273 -9150 

TCD 910 
Tracks /Speeds: Two -track; 71 and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 20 Hz to 20 kHz. 
Distortion: Less than 1 %. 
Signal -to -Noise Ratio: -73 dB. 
Wow and Flutter: 0.1 %. 
Selected Standard Features: 8 -bit, 32 
EPROM microprocessor; full auto locator 
system; RS -232 interface; vari- spool; real 
time /mode counter. 
Price Range: $1,795. 

TASCAM 
7733 Telegraph Road 

Montebello, CA 90604 
Phone: (213) 726 -0303 

42-NB 
Tracks /Speeds: Two -track; 71/2 and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 30 Hz to 25 kHz, ±2 
dB at OVU. 

Distortion: 0.08% at OVU 1 kHz, 250 
nWb /m reference. 
Signal -to -Noise Ratio: -65 dB unweighted 
(0 to 100 kHz). 
Wow and Flutter: 0.05% NAB weighted. 
Selected Standard Features: Response in 
sync equal to repro, +4 dBm XLR in /out; 
single connector for SMPTE timecode edit 
systems. 
Price Range: $2,295. 

44 -OB 
Tracks /Speeds: Four -track; 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 40 Hz to 25 kHz, t 2 

dB at OVU. 
Distortion: 0.08% at OVU 1 kHz, 250 
nWb /m reference. 
Signal -to -Noise Ratio: -64 dB unweighted 
(0 to 100 kHz). 
Wow and Flutter: 0.05% NAB weighted. 
Selected Standard Features: +4 dBm XLR 



in /out; equivalent response in sync or 
repro head; single connector for SMPTE 
timecode edit systems. 
Price Range: $2,995. 

48 -OB 
Tracks /Speeds: Eight- track, 15 ips. 
Formats: Half -inch. 
Frequency Response: 40 Hz to 25 kHz, ±2 
dB at OVU. 
Distortion: 0.08% at OVU 1 kHz, 250 
nWb /m reference level. 
Signal -to -Noise Ratio: -64 dB unweighted 
(0 to 100 kHz). 
Wow and Flutter: 0.05% NAB weighted. 
Selected Standard Features: +4 dBm XLR 
in /out; equivalent response in sync or 
repro mode; single connector for SMPTE 
timecode edit systems. 
Price Range: $4,495. 

52 -NB 
Tracks /Speeds: Two -track, 71/2 and 15 ips. 
Formats: Quarter -inch. 
Frequency Response: 30 Hz to 26 kHz, t 2 

dB at OVU. 
Distortion: 0.08% at OVO 1 kHz, 250 
rWb /m reference level. 

Signal -to -Noise Ratio: -70 dB unweighted 
(0 to 100 kHz). 
Wow and Flutter: 0.04% NAB weighted. 
Selected Standard Features: +4 dBm XLR 
in /out; equivalent response in sync or 
repro head; single connector for SMPTE 
timecode edit systems. 
Price Range: $3,495. 

58 -OB 
Tracks /Speeds: Eight -track, 15 ips. 
Formats: Half -inch. 
Frequency Response: 30 Hz to 26 kHz, t2 
dB at OVU. 

Distortion: 0.08% at OVU 1 kHz, 250 
nWb /m reference level. 
Signal -to -Noise Ratio: -70 dB unweighted 

(0 to 100 kHz). 
Wow and Flutter: 0.04% NAB weighted. 
Selected Standard Features: +4 dBm XLR 
in /out; equivalent response in sync or 
repro head; single connector for SMPTE 
timecode edit systems. 
Price Range: $5,995. 

MS -16 
Tracks /Speeds: 16- track; 15 ips. 
Formats: Half -inch. 
Frequency Response: 30 Hz to 25 kHz, t2 
dB at OVU. 

riforprin: 
r=''.391 nt -t 

Formats: Standard compact cassette. 
Frequency Response: 20 Hz to 20 kHz, ±1 
dB 
Distortion: THD 0.05% at 1 kHz nominal 
level. 
Signal -to -Noise Ratio: One mike -in to 
line -out: -68 dB (IHF, A weighted); -76 dB 
(unweighted). 
Selected Standard Features: Four- input, 
four -track portable studio. 
Price Range: N/A 

AEG TELEFUNKEN 
Bucklestrasse A -5 

D -7750 Konstanz, West Germany 
Phone: (011) 4975312370 

M1 SA 
Tracks /Speeds: Two -, four -, eight-, 16-, 24- 
, 32- tracks; 71/2, 15, and 30 ips. 
Formats: Quarter -, half -, one -, and 

Signal -to -Noise Ratio: -70 dB unweighted 
(0 to 100 kHz). 
Wow and Flutter: 0.04% NAB weighted. 
Selected Standard Features: +4 dBm XLR 
in /out; equivalent response in sync or 
repro head; single connector for SMPTE 
timecode edit systems. 
Price Range: $8,995. 

Portastudio 244 
Tracks /Speeds: Four -track; 33/4 ips. 

f'( 

Bryston's 2B -LP 
Bryston has been known and respected for years as the manufacturer of a Iene of amplifiers which combine the 
transparency and near -perfect musical accuracy of the finest audiophile equipment. with the ruggedness, reliability 

and useful features of the best professional gear. Thus. Bryston amplifiers (and preamplifiers) can be considered a 

statement of purpose to represent the best of both worlds - musical accuracy and professional reliability to the 
absolute best of our more than 20 years' experience in the manufacture of high -quality electronics. 

The 28 -LP is the newest model in Bryston's line. and delivers 50 watts of continuous power per channel from a 

package designed to save space in such applications as broadcast monitor. mobile sound trucks, headphone feed, 

cue, and any installation where quality must not be limited by size constraints. As with all Bryston amplifiers, 
heatsinking is substantial, eliminating the requirement for forced -air cooling in the great majority of installations. This 

is backed up by very high peak current capability (24 amperes per channel) and low distortion without limiting, 
regardless of type and phase angle of load. In short, the 28-LP is more than the functional equivalent of our original 2B 
in spite of the fact that it occupies only half the volume. and will fit into a single 1.75-" rack -space. 

The usefulness of the 28 -LP is extended by a long list of standard features. including: Balanced inputs: female XLR 

input jacks; dual level- controls: isolated headphone jack; and individual two-colot,r pilot -light /clipping indicator LEDs 
for each channel. In addition, the channels may be withdrawn from the front of the amplifier while it is in the rack, vastly 
facilitating any requirement for field -service, including fuse -replacement. 

Of course. in keeping with Bryston's tradition of providing for special requirements. the 28-LP can be modified or 

adapted to your wishes on reasonably short notice, and at nominal cost. 
Best of all, however, the 2B-LP is a Bryston. Thus the sonic quality is unsurpassed. The difference is immediately 

obvious, even to the uninitiated. 

Other amplifiers m Bryston s'ine include the mn,teI 38 dt ' 00 waits per charm,rl and the model 4B. 

at ?00 waits per channel All ratings coritinuuus power at 8 nnms .1t lr'e than 0' 'c IM or THD 

IN THE UNITED STATES 

r . VERMONT 
RFD'4, B dn, Montpeier, Vermont 05602 

IN CANADA 

:I . MARK FTINC; LTD 
? V1! n, ,. J, ve.d-, O^ta,,. , Grada M9V "rvn 
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The Direc tory 
two -inch. 
Frequency Response: 30 Hz to 18 kHz, ±1.5 
dB at 15 ips. 
Distortion: Maximum 0.4% referenced to 
400 nWb /m. 
Signal -to -Noise Ratio: -66 dB RMS, A 
weighted, referenced to 400 nWb /m. 
Wow and Flutter: Maximum 0.04 %, at 15 
ips. 
Selected Standard Features: N/A 
Price Range: N/A 

M21 
Tracks /Speeds: Two -track; 71/2, 15, and 30 
ips. 
Formats: Quarter -inch. 
Frequency Response: 20 Hz to 20 k Hz, ±1.5 
dB at 15 ips. 
Distortion: Maximum 0.4% referenced to 
400 nWb /m. 
Signal -to -Noise Ratio: -73 dB (stereo 
0.75mm) RMS, A- weighted, referenced to 
1,020 nWb /m. 
Wow and Flutter: Maximum ±0.04 at 15 
ips. 
Selected Standard Features: Ultra long -life 
heads. 
Price Range: $6,500 to $8,000. 

UHER OF AMERICA 
7076 Vineland Avenue 

North Hollywood, CA 91605 
Phone: (818) 764 -1120 

4000 Report Monitor AV 
Tracks /Speeds: 71, 33/4, Vie, 15/16 ips. 
Formats: Mono (half- track) quarter -inch. 
Frequency Response: 20 Hz to 25 kHz at 71/2 

ips; 20 Hz to 16 kHz at 33/4 ips; 25 Hz to 13 
kHz at 17/a ips; 25 Hz to 6 kHz at 15/16 ips. 
Distortion: Unspecified. 
Signal -to -Noise Ratio: Better than -66 dB at 
71/2 ips; better than -64 dB at 33/4 ips; better 
than -57 dB at 17/s ips. 
Wow and Flutter: (DIN 45507) less than 
0.15% at 71/2 ips; less than 0.20 %, at 33/4 ips; 
less than 0.25 %, at Vie ips 
Selected Standard Features: Portable and 
mains operation; certain models with 
built -in monitoring capability; built -in 
phantom powering; five -inch reel capacity. 
Price Range: $1,620. 

4200 Report Monitor 
Tracks /Speeds: Same as above. 
Formats: Stereo (half- track) quarter -inch. 
Frequency Response: Same as above. 
Distortion: Unspecified. 
Signal -to -Noise Ratio: Same as above. 
Wow and Flutter: Same as above. 
Selected Standard Features: Same as above. 
Price Range: $1,772. 

4400 Report Monitor 
Tracks /Speeds: Same as above. 
Formats: Stereo (quarter- track) quarter - 
inch. 
Frequency Response: Same as above. 
Distortion: Unspecified. 
Signal -to -Noise Ratio: Better than -64 dB at 
71/2 ips; better than -62 dB at 33/4 ips; better 
than -56 dB at 17/8 ips. 
Wow and Flutter: Same as above. 
Selected Standard Features: Same as above. 
Price Range: $1,772. 
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TIMECODE SYNCHRONIZERS AND REMOTE CONTROLLERS 
ADAMS -SMITH 
34 Tower Street 

Hudson, MA 01749 
Phone: (617) 562 -3801 

System 2600 
Timecode Types: LTC /VITC /SMPTE /EBU 
standards. 
Lock Accuracy: 1/1000 TV frame. 
Memories: Up to 120 timecode addresses. 
Transport /Control Commands: FF; RW; 
play; stop; pause; record -in; record - 
out; for one master and up to eight slave 
transports. 
Other Primary Features: Modular -based 
and may be configured to exactly fit user 
requirements. 
Price Range: $3,000 to $25,000 depending 
on modules selected. 

ALPHA AUTOMATION 
2049 West Broad Street 
Richmond, VA 23220 
Phone: (804) 358 -3852 

The Boss 8400 
Timecode Types: SMPTE /EBU /LTC /VITC; 
24, 25, 30, Drop frame 
Lock Accuracy: 1/300 of a second, ±50 
microseconds 
Memories: See below. 

Transport Control Commands: Full remote 
transport commands 
Other Primary Features: Auto editor based 
on BTX Shadow synchronizer; up to four 
Shadows can be connected to the system, 
to provide control of four audio trans- 
ports; 54 scratch pad registers; 81 location 
registers; sychronizer expandable to 16 
devices. 
Price Range: $16,900. 

APPLIED MICROSYSTEMS LTD. 
Town Mill, Bagshot Road 

Chobham, Woking, 
Surrey, England 

Phone: (09905) 6267 

1 -CON 
Timecode Types: SMPTE and proprietary 

code. 
Lock Accuracy: ±2 milliseconds. 
Memories: 9 cue storage points. 
Transport /Control Commands: Controls 
record selects (on Tascam 85 -16, 58 and 48; 
Fostex B16), and normal tranport controls 
Other Primary Features: RS -232 interface. 
Price Range: Approximately $2,800. 

AUDIO KINETICS 
4721 Laurel Canyon Blvd. #209 
North Hollywood, CA 91607 

Phone: (818) 980 -5717 

Q.Lock 310 C 
Timecode Types: SMPTE /EBU 24, 25, 30 
Drop frame. 
Lock Accuracy: 50 microseconds. 
Memories: 10. 
Transport /Control Commands: Full re- 
mote transport commands. 
Other Primary Features: Auto Record, 
dedicated application S /W, option 64. 
Price Range: 310.2: $11,950; 310.3: $14,450. 

THE BTX CORPORATION 
75 Wiggins Avenue 
Bedford, MA 01730 

Phone: (617) 275 -1420 

Shadow II Plus Synchronizer 
Timecode Types: SMPTE /EBU /LTC /VITC; 
24, 25, 30 Drop frame. 
Lock Accuracy: 1/3000 of a second, ±50 
microseconds. 
Memories: 16 general purpose memories 
("Scratchpad"). 
Transport /Control Commands: All con- 
trols available via RS- 232/422 interfaces. 
Other Primary Features: Performance 
improvements over Shadow II; variable 
park tolerance. 
Price Range: $5,595. 

The System Synchronizer /Controller 
Timecode Types: SMPTE /EBU /LTC /VITC 
24, 25, 30 Drop frame. 
Lock Accuracy: 1/3000 of a second, ±50 
microseconds. 
Memories: 16 "Scratchpad" registers. 

'iï: i 'ï ï 'ï 'i i ' ii 
'661111 )-i' 66116 

Transport /Control Commands: Play; fast 
forward; rewind; loop; record in; record 
out; goto; chase. 
Other Primary Features: All functions of 
Shadow and Shadowpad in one compact 
unit. 
Price Range: $5,595. 



Softouch Controller 
Timecode Types: SMPTE /EBU /LTC /VITC 
24. 25, 30 Drop frame. 
Lock Accuracy: 1/3000 of a second, ±50 
microseconds. 
Memories: 16 general purpose; also 99 
loops. 
Transport /Control Commands: Play; fast 
forward; rewind; loop; record in; record 
out; goto; chase. 
Other Primary Features: 16 programmable 
softkeys; pre -programmed loops and 
records. 
Price Range: $6,500 to $20,000. 

Shadowpad Controller 
Timecode Types: SMPTE /EBU /LTC /VITC 
24. 25, 30 Drop Frame. 
Lock Accuracy: 1/3000 of a second, ±50 
microseconds. 
Memories: 16 "Scratchpad" memories. 
Transport /Control Commands: Play, Fast 
Forward, Rewind, Loop, Record In, Record 
Out, Goto, Chase. 
Other Primary Features: Pre -programmed, 
subframe- accurate loops and records. 
Price Range: $2,500 

OTARI CORPORATION 
2 Davis Drive 

Belmont, CA 94002 
Phone: (408) 438 -0598 

EC -101 
Timecode Types: SMPTE /EBU /LTC /VTC. 
Lock Accuracy: 50 microseconds over 
±50% play speed. 
Memories: N/A (see CB -121). 
Transport /Control Commands: See refer- 
ence CB -121. 
Other Primary Features: Chase synchron- 
izer plug -in module for MTR -90 transport 
otfset storage in 1 /80th frame increments; 
RS- 232/422 port (option). 
Price Range: $3,295 (retrofit kit necessary 
for existing MTR -90s). 

CB -121 
Timecode Types: SMPTE /EBU and LTC /VTC. 
Lock Accuracy: 50 microseconds over 
±50% play speed. 
Memories: N /A. 
Transport /Control Commands: Enable - 
disable synchronizer; select display mode; 
hold or run display; enter offsets; capture 
otfsets; and trim offsets up or down. 
Other Primary Features: Remote con- 
troller for EC -101. 
Price Range: $495. 

SONY PROFESSIONAL 
AUDIO PRODUCTS CO. 

Sony Drive 
Park Ridge, NJ 07656 
Phone: (201) 930 -1000 

AVSP -500 SYNCMASTER 
Timecode Types: SMPTE /SMPTE Drop 
frame /EBU. 
Lock Accuracy: ±50 microseconds. 
Memories: 200 -event EDL. 
Transport /Control Commands: Depends 
on interface chosen, and machines in 
network. 
Other Primary Features: Multi- format code 
generator, complete display facilities. 
P-ice Range: $12,000 to $15,000. 

STUDER REVOX 
1425 Elm Hill Pike 

Nashville, TN 37210 
Phone: (615) 254 -5651 

TLS 4000 
Timecode Types: SMPTE /EBU, video com- 
posite, pilot frequencies 20 Hz to 20 kHz. 
Lock Accuracy: 40 microseconds. 
Memories: 10 address and offsets. 
Transport /Control Commands: Lock; wait 
lock; instant lock; lock plus pilot; slew 
mode; resolver pilot mode; loop; cue and 
goto (autolocate). 
Other Primary Features: Modular system 
for easy expansion; RS- 232/422 interface 
for external control; two local control unit 
options. 
Price Range: $3,800 to $5,390. 

SYNCHRONOUS TECHNOLOGIES 
1020 West Wilshire Boulevard 

Oklahoma City, OK 73116 
Phone: (405) 842 -0680 

SMPL Lock 
Timecode Types: Drop- and non -drop 
frame: 24 and 25. 
Lock Accuracy: 1 /80th frame. 
Memories: 12. 
Transport /Control Commands: Locate, 
full remote. 
Other Primary Features: Autolocates and 
controls MIDI -equipped units; automatic - 
punch, eight -point event sequencer; 
timecode generator; timecode reader; 

metronome. 
Price Range: $2.000 

TIMELINE, INC. 
458 Minneford Avenue 
City Island, NY 10464 
Phone: (212) 431 -0330 

LYNX Timecode Module 
Timecode Types: 30 Drop Frame, 25, 24 

(accepts mixed codes). 
Lock Accuracy: 50 microseconds. 
Memories: Contained in external con- 
troller. 

i1,ß....uUi. I 
Transport /Control Commands: Self - 
contained "chase" mode. Other modes 
from external controller. 
Other Primary Features: Contains time - 
code generator and wideband reader. 
Price Range: $2,990, pro net. 

WE MAKE AMPEX BETTER 
SAKI hot - pressed, glass- bonded ferrite recording heads. 

The best is now available for your Ampex recorder. 
in all sizes and models. 

ito 

SAKI SAKI MAGNETICS, INC. 
MIMI t) A CALIFORNIA CORPORA-101 

8650 Hayden Place, Culver City, CA 90230 2-3 / 559 -67(4 (TNX- 910 -328 -6100) 
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EQUIPMENT ASSESSMENT 
The Model RM2408 is the latest 
recording mixer to be intro- 
duced to the American market 

by Yamaha, and features 24 input/ 
output channels that drive a direct 
out, eight assignable mix busses with 
odd /even panning, two echo sends, 
and stereo monitor panning. Each of 
the eight mix busses and echo sends 
features a bus master control, plus 
ports for insertion of outboard signal 
processors by way of normalled phono- 
type jacks. Echo may be returned to 
the stereo mix and /or to any of the 
eight mix busses by either assign- 
ment switching or by panpot. Each 
major output bus is metered by a buf- 
fered analog VU. The eight Program 
bus outputs may be directed to either 
"A" or "B" output ports, allowing a 
16 -track tape machine to be unam- 
biguously assigned from the RM2408 
mix assigns. A 6 -by -24 tip- sleeve '/4- 

inch patch bay provides access to the 
pre -fade, post EQ insert /return points 
for each I/O channel. 

As might be assumed, the smaller 
Model RM1608 embodies the same 
features as the RM2408 reviewed 
here, with the exception that it has 
only 16 I/O channels compared with 
the 24 of the larger model, and a 
smaller patch bay. 

The RM2408 functions in any of 
three basic modes, each of which may 
be selected by activating one of three 
corresponding illuminated switches 
located on the Talkback module. In 
MULTI mode, the mike or line input 
of all I/O modules is assignable to the 
eight Program Mix busses, as for ses- 
sion tracking and overdubs. In 2TRK 
mode, the mike or line inputs of all 
I /Os are pannable to the Stereo pro- 
gram busses. In addition, assign- 
ments to the eight Program mix 
busses are available via the bypassed 
stereo level control in either MXD or 
2TRK modes of operation; the resul- 
tant ability to use the Mix assign- 
ments as additional effects or sub- 
group sends should prove valuable to 
an inventive mixer. In MXD mode, 
the inputs of all I/O channels are 
connected to the tape- machine out- 
puts, and the I/O outputs pannable to 
the Stereo program busses. 

The Control Room monitor module 
permits monitoring of the Stereo pro- 
gram bus outputs; a two -track tape 
playback input to the console; Echo 
Return 1 or 2; or an adjustable Solo. 
The Studio Monitor output may access 
either the Stereo program busses; the 
two -track tape return; or be muted. 
(The Studio Monitor muting does not 
override talkback to the studio.) The 
Solo pick -off point is the same signal 
as appears at I/O Direct Out: that is, 
post -fade, post -EQ, post- insert. 

The I/O Monitor mix insertion is 
pannable to the Stereo Program busses 
R -e /p 168 February 1985 
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connector line table and used as ste- 
reo monitor mix in MULTI mode for 
Control Monitor, and may be selected 
as either pre- or post -fade origin. Only 
Echo Send 1 may be selected as pre- or 
post -fade, while Echo Send 2 is selec- 
table as a post -fader or I/O center Ste- 
reo Monitor send. 

The console is powered by a separ- 
ate power -supply assembly that may 
be rack mounted in a 5.5 -inch panel 
space. Since the nearest EIA rack 
panel sizes are 5.25 and 7.00 inches, 
some filling of a panel gap will be 
necessary for the fastidious. Power 
connection to the consoles is made via 
a multiconductor cable having mul- 
tipin, metal -shell connectors with 
threaded retaining bushings for 
mechanical security. The supply and 
system run cool to the touch, rising 
only a few degrees above ambient 
temperature. 

Microphone inputs are via the con - 
ventonal three -pin XL -type connec- 
tors, with pin #2 to be taken as the HI 
signal terminal. [Pin #2 is live or 
"hot" in accordance with IEC 268 -12, 
the standard for XLR -3 -style connec- 
tors - Editor.] Internal +48 VDC 
phantom power may be enabled to 
individual microphone ports, via the 

PH switches on each input channel; a 
single switch located on the rear con- 
nector panel removes phantom power 
from all inputs. Polarity inversion of 
the microphone signal only is accom- 
plished by the traditional PH switch 
activation. 

The I/O modules includes a three - 
band peak /notch equalizer allowing 
a maximum of about t 15 dB of boost 
or cut in a fairly symmetrical manner. 
I/O input may be selected as either 
mike- or line -level input. While the 
microphone input features a switch - 
able 20 dB pad variable pre -amp gain 
that is adjusover a nominal 60 to 20 
dB range, the input port is passed 
through a phono and is not gain 
trimmable. I/O module patch inser- 
tions are at a nominal -10 dBv level, 
and are accessed through the patch 
bay. A channel mute switch located 
near the I/O fader serves to enable or 
disable the channel signal feed, and 
causes the illumination of a tally LED 
when the I/O channel signal is 
enabled. The Post -Fade, Pre -Pan out- 
put of each module is available at 
another rear -panel phono connector 
designated as Dir Out. 

The PGM Mix outputs IA through 
... continued overleaf - 



A BIG PART OF OUR 
MICROPHONE TEAM 
COMES IN EACH BOX 
Most companies concentrate 
thei- resources on innovative 
hardware and elaborate 
processes in an effort to 
achieve the "ultimate" procuct. 

At Crown, we believe a product 
can be no better than the 
people who create it. Sounds 
trite but it's true. 

By focusing our attention on 
bringing together some of the 
finest creative minds in the 
indLstry, we've been successful 
in developing a long list of 
highly innovative products. 

Products such as the DC -300A, 
D -75 and D -150A. 

These products and others 
have firmly established our 
reputation for quality, reliability 
and innovation in the field of 
electronics. 

Expanding our emphasis on 
"human technology" to 
microphones, Crown has 
assembled a team of research 
and development engineers 
whc are among the most 
respected leaders in the field of 
electro- acoustics. 

For additional Information circle #133 

While the industry is already 
enjoying the initial fruits of 
their efforts (PCC"-160 and 
PZM® microphones), you can 
expect to see many more of 
their product innovations in the 
months to come. 

It's the inevitable result of 
human technology. 

Where people are the driving 
force behind technological 
achievement 

For your information packet on 
Crown's latest microphone 
products please write us in 
care of Dept. B. 

crown 
1718 W. Mishawaka Rd. 
Elkhart, IN 46517 
(219) 294 -8000 

February 1985 R-et p 169 



YAHAMA RM24O8 
CONSOLE REVIEW 

8A are available to those respective 
I/O channel monitor feeds, while 
PGM Mix 1B through 8B are availa- 
ble to I /Os 9 through 16 monitor 
feeds, respectively. PGM monitor feeds 
for I /Os 17 through 24 are said to be 
inactive in the User Manual, where in 
fact they connect to the respective line 
input. Another error in the documen- 
tation appears in the single -line block 
diagram shown on Page 13 of the 
manual. Access to the Mix bus sum- 
mation output is indicated on the 
drawing, labeled PGM SUB IN 1 -8. It 
is just as well that these do not exist, 
since the signal polarity at these 
points relative to PGM OUT A and B 
would necessarily be inverted. There 
is nothing illegal or immoral about 
accessible inverting signal ports, but 
they can cause confusion and frustra- 
tion far beyond what their conceptual 
simplicity might imply. 

System Assessment 
The RM2408 microphone input port 

is an active differential transformer - 
less pre -amplifier, the port input 
impedance magnitudes of which are 
shown in Figure 1. The signal source 
impedance for all data shown for this 
test series is 150.0 ohms, a commonly 
encountered source resistance for most 
microphones and many other signal 
sources. A microphone connected to 
the RM2408 input would be "looking" 
into a load impedance magnitude of 
only about 205 ohms at 1 kHz; this 
could be a higher value to the advan- 
tage of microphone transient response, 
frequency response, distortion, and 
noise performance. I feel that this 

_ 0 

YHMHHR 24QB 
MICROPHONE PORT 

INPUT IMPEDANCE 

Pln. 2 -3 *RD U4 

P 
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.. 
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FREQUENCY (Hz) 

Figure 1: Microphone input port impedances. Driving generator source resistance 
is 150.0 ohms. 

10k 2 3 4 5 

unusually low mike input port impe- 
dance is a major contributing factor 
to the marginal equivalent input 
noise performance observed ( see Table 
1). A microphone load impedance of 
about 1,200 ohms through most of the 
audio spectrum below 20 kHz should 
be achievable without extreme design 
or cost measures being taken. 

Insertion of the 20 dB input pad 
raises the microphone load impe- 
dance to about 4,120 ohms at 1 kHz. 
The wide difference in microphone 
loading between a padded and 
unpadded condition would result in 
very perceptible differences in micro- 
phone signal coloration; this is espe- 

100k 

cially the case of a dynamic mike. The 
rise in unpadded terminating impe- 
dance magnitude in the region below 
about 200 Hz implies that there would 
be a roll -off in low- frequency response 
in the unpadded case, yet no such rad- 
ical change in impedance for the 
padded case. 

The microphone input circuit is 
very well balanced below about 10 
kHz. The impedance curves for pins 
1 -2 and 1 -3 match very closely in 
magnitude, and this balance is con- 
firmed by the common mode rejection 
ratio data shown in the sweep photo- 
graph of Figure 2: The microphone 
input circuit CMRR holds at about 47 

Figure 2: (left) Microphone input port common mode rejection. The top trace is the normal mode response as observed at the I/O 
insert send. The bottom trace is the response at the same output port under common mode input drive conditions; vertical scale 
is 10 dB per division, and horizontal scale log 20 Hz to 43 kHz. Top graticule line reference is -10 dBv. 
Figure 3: (right) Logarithmic 20 Hz to 43 kHz frequency sweep of microphone input at extremes of pre -amp gain settings. 
Vertical scale is 2 dB per division; top graticule line is -10 dBv. 
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ITAM #1610:1" 16 track 

Recorder /Reproducer $11,950.00 

1" 8trk., pre -wired $9,950.00 

BOTH TAPE MACHINES FEATURE: 
+4dBm IN /OUT 15 /30ips 
Full- function 9 cue position 
remote -autolocator stand 

50% range vari -speed 

A ACES TR -24: 2" 24 track 

Recorder/Reproducer 

$19,950.00 
2" lótrk., pre -wired 24 trk 

$14,950.00 

ACES ML24: 

I/O console, 32 in x 24 buss,, 

Integrated wired patch bay 

$17,025.00 
ACES SM16: Split console, 

32 in x 16 buss $15,665.00 

fOTH CONSOLES FEATURE: Fully modular construction 

Audiofad long -throw conductive plastic faders 5 Aux ' 
sends 5 band switchable EQ Input LED PPM's Stand 

+ 48v phantom power LED display (optional) Two year parts 

warranty Other frame sizes available Many options available 

99 East Magnolia, Suite 215 Burbank, CA 91502 (818) 843 -6320 
For additional information circle #134 



YAHAMA RM2408 
CONSOLE REVIEW 

dB or better over the 20 Hz to 43 Hz 
range of the logarithmic sweep. Sta- 
bility of microphone circuit frequency 
response over a similar frequency 
range is shown in Figure 3; the upper 
trace is the I/O Insert Send response 
for an indicated unpadded pre- ampli- 
fier gain of 60 dB, while the lower 
trace is the result for a pre -amplifier 
gain of 20 dB. The frequency sweep is 
logarithmic, 20 Hz to 43 kHz, and the 
vertical scale 2 dB per division. The 
top graticule line represents -10 dBv. 

It can be seen that the differences 
between the two extremes of gain set- 
ting are fairly minor. 

The complex transfer function of 
the microphone input circuit for sev- 
eral cases of input channel configura- 
tion are shown in Figure 4. One will 
first notice the difference in low - 
frequency response between the con- 
dition of a padded and unpadded mic- 
rophone pre -amplifier input port. We 
inferred that this might be the case 
from the impedance magnitude traces 
of Figure 1. There is about 7 dB 
greater relative response at 2 Hz for 
the padded case compare with the 

straight input. The severe cusp of the 
unpadded mike input absolute phase 
curve implies that a leading phase 
(not polarity) shift occurs somewhere 
slightly below 2 Hz. 

In the padded case, this amount of 
phase shift is not approached until a 
considerably lower frequency. The 
magnitude response curve lying be- 
tween the two mike circuit responses 
is the I/O module response for a 
padded Mic Input signal as observed 
at the I/O Insert Send port with the 
Equalizer circuit IN, and the EQ set- 
ting at their null positions. Insertion 
of the Equalizer results in a slightly 
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SUMMARY OF YAMAHA 
RM2408 SPECIFICATIONS 

Description Quoted 

Frequency 
Response: 

Total Harmonic 
Distortion: 

Microphone 
Equivalent 
Input Noise: 

Res-dual 
Output Noise: 

Hum and Noise: 
PGM Master 
at Maximum; 
one channel fader 
at Nominal 

Stereo Master 
at Maximum; 
Channel Stereo 
Sends at Minimum: 

Stereo Master 
at Maximum; one 
channel Stereo Send 
at Nominal: 

0, ±3 dB, 
20 Hz to 20 kHz; 
0, ±0.05 dB, 
30 Hz to 15 kHz. 

Less than C.1% 
at +4 dBv; 
20 Hz to 20 kHz. 

-128 dBv EIN 
150 ohm Rs, Max; 
Input Grain 

20 Hz to 20 kHz. 

-95 dB; 
All Faders Down 
(Parameters as- 
above.) 

-64 dB 
(Parameters 
as above) 

-70 dB 
(Parameters 
as above) 

-64 dB 
(Parameters 
as above) 

Echo Send Master -76 dB 
(Parameters 
as above) 

at Maximum; 
Channel Sends 
at Minimum: 

Echo Send 
Master at Maximum; 
one channel Stereo 
Send at Nominal: 

Crosstalk: 

Channel 
Equalization: 

-75 dB 
(Parameters 
as above) 

-70 dB at 1 kHz; 
adjacent input. 
-70 dB at 1 kHz; 
input to output. 

±15 dB maximum; 
Peak/Notch 
High: 
2 kHz to 20 kHz 
Mid: 
0.35 kHz to5 kHz 
Low: 
50 to 700 Hz. 

Observed 

Mike In /Direct Out; 
0, -3 dB, 
6Hzto90kHz; 
0, -0.5 dB, 
20 Hzto30kHz. 

0.020% at 20 Hz; 
0.023% at 50 Hz; 
0.021% at 1 kHz; 
0.018% at 10 kHz; 
0.020% at 15 kHz; 
(all for +4 dBv IHF 
load, Mix Bus output.) 

-126.3 dBv 
to -126.9 dBv, range 
of four mike inputs, 
taken at channel 
insert send; 
20 Hz to 20 kHz 
bandwidth. 

-78.5 dBv Stereo Bus 
High -level output; 
pan center; all 
24 channels 
assigned; 
20 Hz to 20 kHz; 
150 ohm Rs. 

-72.7 dBv; 
Bus Out. 

-72.4 dBv; 
Stereo Bus Out. 

-72.5 dBv; 
Stereo Bus Out. 

-80.8 dBv; 
Low -level Echo 
Send Out 

-75.1 dBv; 
Low -level Echo 
Send Out. 

-78 dB at 1 kHz 
adjacent input; 
Maximum gain, mike - 
in to direct -out. 
-80 dB at 1 kHz 
into direct -out; 
fader minimum 
(see text). 

±14 tot16 dB maximum 
Peak/Notch Center - 
Frequency 35 Hz 
to 22 kHz (See figures 
11A and 11B). 

High Pass 
Filter. 

Talkback: 

Oscillator. 

VU Meters: 

Peak Indicators: 

Phantom Power 

Dimensions: 
(WxHsD) 

Weight: 

Power 
Requirements: 

Power Supply 
Dimensions: 
(WxHxD) 

PSU Weight: 

ADDITIONAL 
Polarity: 

12 dB per octave; -3 dB at 74 Hz; 
80 Hz HP 10 dB per octave. 

Mike, pre-amp, 
level control; 
PTT to PGM, 
STEREO 
and ECHO 
busses. 

Switchable sine; 
100 Hz, 1 kHz, 
10 kHz. 

Yes (No remote). 

f (Hz) Level (dBv) 
107 -9.0 

1042 -9.9 
9692 -9.6 

12 Illuminated Confirmed 
meters; PGM Bus 
1 thru 8, 
Stereo L and R 
(0 VU = +4 dB), 
Echo Send 
1 and 2 
(0 VU = -10 dB). 

LED on channel Confirmed. 
strip lights when 
Pre -fader level 
reaches 3 dB 
below clipping; 
LED on PGM 
meter lights when 
Post -Master 
Fader level 
reaches 6 dB 
below clipping. 

+48 VDC to XL 
pins 2 and 3; 
pin 1 returns. 

1301 x 279.6 
x 769mm 

(5L25 x 11 
x 30.25 inches). 

55kg 
121.3 pounds. 

120 V, 60 Hz; 
150 W. 

480x140x300mm 
(18.875 x 11 

x 11.75 inches) 

8kg/17.6 pounds 

Confirmed. 
Master switch selects 
all channels. 

Confirmed. Fixed U- 
type grounding AC 
power cord. 

AC power cord. 

XL pin #2 High; All 
other input ports and 
all output porta are 
single -end, un- 
grounded condition 
"HI." A postive -going 
transition at any input 
port HI yields a 
positive -going tran- 
sition at all accessible 
output ports, 
monitors. 

Price: Suggested retail price, including PSU: RM2408 $9,900; 
RM1608 $6,600. 

Manufacturer: Yamaha International Cor- 
poration, P.O. Box 6600 Buena Park, CA 
90622, (714) 822 -9011. 
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YAHAMA RM2408 
CONSOLE REVIEW 

higher magnitude drop at the high - 
and low -frequency extremes of the 
microphone input function, relative to 
the padded microphone function with 
the Equalizer OUT. Its absolute phase 
companion is also shown. The magni- 
tude and absolute phase response 
functions for the case of unpadded, 
minimum -gain microphone input with 
the High Pass filter IN should be 
obvious by casual inspection. The 
nominal 80 Hz break occurs at about 
75 Hz in this case, and the roll -off 
slope approaches about 10 dB per 
octave in the 10 to 20 Hz range. 

High -level input port impedance 
magnitudes are shown in Figure 5; 
the I O module Tape input impedance 
plateau resides at about 7.2 kohms in 
the mid -band region, rising below 10 
Hz and shelving to about 1.5 kohms 
above 100 kHz. The typical I/O insert 
return impedance magnitude is about 
9.7 kohms, showing a slight rise to 
about 14 kohms below 50 kHz. The 
typical Mix insert return impedance 
measures about 22.4 kohms, declining 
to about 12.5 to 13 kohms at the high 
end of the band. 

The major output port source impe- 
dance magnitudes are shown in Fig- 
ure 6; the highest source impedance 

YRMRHR 2408 
MICROPHONE INPUT /DIRECT OUTPUT 

TRANSFER FUNCTIONS 
MAGNITUDE NORMALIZED 

¶1! 
D g 

2 3 9 5 10 2 3 4 5 100 2 3 4 5 1k 

FREQUENCY (Hz) 
2 3 4 5 10k 2 3 4 5 

Figure 4: Transfer functions, microphone input driven by a 150.0 ohm generator. 
Output port is Direct Out with indicated features activated as indicated. 

measured was about 800 ohms for the 
I/O Direct output port, while Insert 
sends and Mix outputs measured 400 
to 500 ohms. The rise in source impe- 
dance magnitude at the low end of the 

r 
The only way MAGNETIC SCIENCES 

to master analog in 
the 80's...112 inch -2 track! 
Announcing JRF /Magnetic Sciences' complete Conversion 
Retrofit Assembly for Ampex ATR Series Tape Machines. 
Engineered and precision manufactured to offer optimum 
performance and long term reliability . 

Features include . . . 

Smooth, easily accessible 
adjustments for: 

Azimuth 
Head Wrap 

Ceramic Tape Guidance 
Long life SAKI magnetic heads 

Also available are 1/2 inch -2 track conversion packages for 
MCI Model JH11 OAorJHl l0ß, Ampex 440, or 3M Tape 
Mochines. If you have o custom application - we'll be glad to 
furnish technical and design assistance as needed. 

Remember ... There's only one way to master analog: 
The 'I2 inch - 2 track way by JRF MAGNETIC SCIENCES. 

V- 
JRF/Magnetic Sciences, Inc. 

101 LANDING ROAD, LANDING, NJ 07850 201/398 -7426 
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band shown indicates that the driver 
output DC blocking capacitor reac- 
tance becomes significant below 20 
Hz in all cases. The interface of devi- 
ces having fairly high input impe- 
dances is definitely indicated, whether 
the low -level phono outputs or the I/4- 

inch phone jacks are used as sources. 
Any load less than about 5 khoms 
would tend to unacceptably degrade 
the RM2408's performance. Obviously, 
the higher the load impedance, the 
better will be frequency response and 
low -end distortion performance of the 
console in actual application. 

TABLE 2: VU METER 
CALIBRATION 

VERSUS FREQUENCY 

Frequency 
(Hz) 

Meter Reading 
(dB) 

5 -0.75 
10 0.0 
20 -0.1 
40 0.0 
50 0.0 
100 0.0 
200 0.0 
500 0.0 
lk 0.0 
2k 0.0 
4k 0.0 
8k +0.2 
10k +0.2 

12.5k +0.6 
16k +0.9 
20k +0.8 
25k +0.6 
30k +0.6 

Note: The metered channel output was 
adjusted to constant level versus frequency 
as indicated by external standard meter. 



YAHAMA RM2408 
CONSOLE REVIEW 

The response of the non -program 
ports is an important, although infre- 
quently emphasized, aspect of mixing 
console performance. Upon reflection, 
one can easily understand that if the 
monitor, effect, cue and foldback 
sends alter the nature of the primary 
signal characteristics, the perception 
of the program performance will be 
altered accordingly. Even if a record- 
ing console's main program channel 
is impeccably transparent, this virtue 
will be of little practical importance if 
the mixer perceives it to be distorted, 
or of non -ideal magnitude or phase 
response. Attempts to correct the per- 
ceived defects will result in the degra- 
dation of the erstwhile impeccable 
signal in a manner that approximates 
reciprocation of the imperfections 

judged to exist by the engineer, pro- 
ducer or artist. 

Figure 7 shows the unpadded, min- 
imum -gain microphone signal trans- 
fer function as observed at the Echo 
Send, Bus #1 and Control Monitor 
ports. The Bus #1 trace is the reference 
against which we shall compare the 
Monitor and Echo send functions in 
judging the acceptability of the non - 
program signal ports. Bus #1 pass - 
band ( +0, -3 dB) extends from slightly 
below 5 Hz to about 60 kHz. This 
passband is restricted further from 
about 8 Hz to about 30 kHz, as 
observed at the Control Monitor and 
Echo send ports. By the previous 
argument, a broader Monitor and 
Echo response would enhance the 
quality of the RM2408's performance, 
both as perceived and realized. We 
would also prefer to have as little 
phase shift as could be managed 
through the system in all respects. 

A multiple overlay of the console's 
transfer function absolute group delay 
characteristics is shown in Figure 8; 
group -delay plateaus for each of the 
paths are substantially flat and have 
values less than 10 microseconds for 
cases except for the Stereo Mix bus. 
The program channels do not show 
the drop in signal delay time com- 
monly observed in many audio signal 
devices at high frequencies. 

Declining group delay with rising 
frequency is a result of rates of phase - 
shift lag versus frequency that devi- 
ates from a linear relationship within 
the band of interest. Such a situation 
is called a "non- linear system phase 
response," and explains why systems 
having linear phase response behav- 
ior display the constant group delay 
over large portion of their passband. 
The audible consequences of this kind 
of phase response is conducive to 
more accurate reproduction of tran- 

Figure 5: Magnitude impedance of three high -level inputs. 
Generator source impedance is 5,047 ohms. 
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Figure 9A: (left) Crosstalk between adjacent I/O channels, microphone pre -amps set to their maximum gain. Top trace is the 
Direct Output of the center channel. The lower traces are the Direct Outputs of the flanking I/O channels, their microphone 
inputs loaded by shielded 150 ohm loads. The sweep is the log 20 Hz to 43 kHz range; vertical scale is 10 dB per division. Top 
graticule reference is 0 dBv. 
Figure 9B: (right) Identical data as in Figure 9A, for a different set of I/O modules. 

YAHAMA RM2408 
CONSOLE REVIEW 

sient signal components, and to the 
more precise imaging of sound sour- 
ces within the stereo panorama. The 
data shows that the RM2408 displays 
linear phase characteristics in many 
of its signal paths, a highly desirable 

feature that is not often observed in 
lower -priced mixing systems. Indeed, 
I have not observed it in many top - 
line designs. 

One means of achieving this de- 
sirable linear phase property in a 
multi -stage signal channel is to design 
each succeeding stage of the system 
so that the upper and lower band 
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edges are determined by single -pole 
networks that coincide in frequency. 
The single -pole lowpass characteris- 
tic is a degenerate case of all linear - 
phase transfer functions. If this is 
done for a number of cascaded stages, 
without regard for the gain of each 
stage, the resulting system phase 
response will approach that of a 
Bessel- Thomson (constant delay, 
maximally flat) filter. Such a design 
adds substantially nothing to the cost 
of a unit, since the objective can be 
achieved merely by determining and 
specifying the proper values of resis- 
tive and capacitive components for 
each cascaded stage; it seems as 
though someone at Yamaha may be 
aware of this design technique. 

The deparature of the stereo mix 
bus group delay response from its 
fairly flat 10 to 12 microsecond pla- 
teau below 20 kHz may be an over- 
sight on the part of some member of 
the RM2408 design team, or it may be 
that the limit of that design philo- 
sophy had been reached and could not 
be carried further than the primary 
program signal paths within the 
physical and budget restraints of the 
system. Whatever the reason, the 
effort is worthwhile as far as it goes. 

The ability of a console to route sig- 
nals to their proper destination is only 
one measure of its effectiveness as a 
signal manipulation tool; another is 
its ability to prevent the appearance 
of signals where they are not wanted. 
Figure 9A shows crosstalk data for 
I/O 23 flanked by I /Os 22 and 24, 
each with their microphone pre -amps 
set for maximum gain. The sweep is 
logarithmic, 20 Hz to 43 kHz, 10 dB 
per division, vertical. The top line is 
the driven channel, I/O 23, direct out- 
put, 0 dBv reference level; the bottom 



trace I/O 22's direct output; and the 
center trace I/O 24's direct output. 
Crosstalk rejection at about 1 kHz 
runs about 80 dB for both adjacent 
channels, rising to a worst case of 64 
dB for I/O 24. 

Figure 9B presents the same sort of 
data as that shown in 9A, but for the 
case of I/O 22 driven, I /Os 21 and 23 
idle at maximum pre -amp gain. 

Panpot leakage for extreme pan to 
odd PGM Mix bus for a single I/O 
channel feed is detailed in Figure 10, 
again showing the log frequency 
sweep and 10 dB per division vertical 
scale. The top trace is the panned 
PGM Mix bus #1 output, +4 dBv refer- 
ence level; the center trace shows 
bleed through the bus #1 assign 
switch with the bus panpot set to full 
clockwise, odd bus pan; and the two 
lower traces that appear to be overlaid 
as one are the signal bleed to bus #2 
with the bus assigned and not 
assigned for the full clockwise panpot 
position as before. The rated 1 kHz 
crosstalk attentuation for each of the 
three conditions is in the range of 84 
to 86 dB. 

The I/O equalizer peak /notch 
curves are represented in Figures 11A 
and 11B; the sweep is again log fre- 
quency and the vertical scale 2 dB per 
division. The maximum peaking set- 
tings for various frequency settings 

Figure 10: Signal leakage through panpot and Program Mix bus assigns. Top gratic- 
ule line is 0 dBv. Vertical scale is 10 dBv per division; sweep log 20 Hz to 43 Hz. 

are given in Figure 11A, while the 
maximum notching settings are 
shown in Figure 11B. The relatively 
flat trace shows the I/O channel 

response with the equalizer set for 
what was taken to be a null position. 
The curves appear to be fairly sym- 
metrical and well- behaved through- 

74 (nfrJe c'Z4 Bet 
Bruce Swedien -1984 uramrny Award winning engineer of Michael Jackson's "Thriller" album; anc 
engineer for Quincy Jones, James Ingram. Sergio Mendez, Missing Persons...on the Dl -100 Direct Box: 

"The DI- 100 has a very warm sound . very rich It sounds just great to me!" 
"I like to use it with synthesizers What I do is take an output from the synthesizer and because the Dl -100 

Is capable of Line Level, I run it right into the tape machine straight through... by -pass the console totally! 
It works great! Oh . and you know what else I really like about it?... that little gain control...that's handy!' 

The DI- 100... "it stays right with me, I wonl give it up!!!" 

We appreciate the support of our users...thanks again to: 
BRUCE SWEDEN EFX STUDIOS -LOS ANGELES 
DAN WALLIN WONDERLAND STUDIOS -LOS ANGELES 
GLEN GI EN SOUND RECORD PLANT -LOS ANGELES 

PARAMOUNT PICTURES -LOS ,ELLS ABC -TV 
DISNEY STUDIOS -LOS ANGELES CLAIRE BROS.- MANHEIM, PA 

SWEDISH RADIO 8 TELEVISION 
CENTRE CULTURAL -MANITOBA. CANADA 
ANN-MARGRET SHOW 
SHIRLEY MacLAINE SHOW 

WAYNE NEWTON SHOW 
ENGELBERT HUMPERDINK SHOW 
CAESAR'S PALACE -LAS VEGAS 
HARRAH'S- ATLANTIC CITY NJ 

CALL US AND ASK ABOUT OUR NEW RACKMOUNT DIRECT BOXES!! 

ALASKA 
Anchorage Alaska Siege Craft 
ARIZONA 
Phoenix Ear Audio 
CALIFORNIA 
Burbank Studiobuilders 
San Francisco Sound Genesis 
Whittier Whittier Music 
CONNECTICUT 
New Haven Goldie Libro Music 
Stamford Audiotechniques 
W Hartford La Salle Music 
FLORIDA 
Jacksonville New Hope Sound 
Miami Harns Audio 
Tampa Paragon Music 
GEORGIA 
Smyrna The Music Mart 
INDIANA 
Evansville Dallas Music Pro Shop 
Indianapolis Indy Pro-Audio 

MASSACHUSETTS 
Boston ELI Wurlitzer, Inc. 
Brockton Scorpio Sound 
Dalton Berkshire Pro-Audio 
Watertown La Salle Music 
MICHIGAN 
Saginaw Watermelon Sugar 
MINNESOTA 
Savage LaVonne Wagener Music 
NEVADA 
Las Vegas Celestial Sound /Light 
NEW HAMPSHIRE 
Hempstead NEAT 
NEW YORK 
New York Audiotechniques 
New York Martin AudioVideo 
New York Night Owl Music Supply 
NORTH CAROLINA 
Granat Falls Fantasy Music 
OHIO 
Cleveland Central Music Exchange 
Dayton . Hauer Music 

OREGON 
Portland Portland Musc 
Portland RMS Sound 
PENNSYLVANIA 
Philadelphia Tekcom Corp. 
SOUTH CAROLINA 
Charleston Fox Music 
TENNESSEE 
Nashville Valley Audio 
TEXAS 
Austin Xeno Sound. Inc. 
Dallas Avrom 
Dallas Gemini Sound 
WASHINGTON 
Bellevue Guitars Etc 
Seattle RMS Sound 
WEST VIRGINIA 
Charleston Appalachian Sound 
WISCONSIN 
Waukesha Flanners Pro -Audio 

ARTISTS X- PONENT ENGINEERING 
30X 0001 HP MENLO PARK. LA 940J3 1415):36b 0243 ,01984 AXE 

For additional information circle x137 
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Figure 11A: (left) I/O channel equalizer peaking at maximum boost for various frequency settings. Vertical scale is 2 dB per 
division; sweep logarithmic 20 Hz to 43 kHz. Bottom trace is the equalizer response with controls set to a nominal "null" 
position. 
Figure 11B: (right) I/O channel equalizer notching at maximum cut for various frequency settings. Vertical scale is 2 dB per 
division; sweep logarithmic 20 Hz to 43 kHz. Top trace is the equalizer response with controls set to a nominal "null" position. 

YAHAMA RM2408 
CONSOLE REVIEW 

out their ranges, although there does 
seem to be a slight variation in the 
maximum peak /notch height /depth 
with changes in center frequency. 

Table 2 gives the response of a typi- 
cal PGM bus VU meter response for a 
constant signal level as observed at 

the output of the relevant program 
feed, for a constant reading as indi- 
cated by a standard meter. The abso- 
lute calibration of all of the meters 
was about 0.5 dB below a true( ±l %) +4 
dBv (average) output level into a 10 
kohm load. The slight rise in meter 
indication at higher frequencies 
should be corrected, since the +0.9 dB 
error around 16 kHz at times could be 

ATTENTION MCI 500CID OWNERS: 
Your mic- inputs will sound much better with 
the MPC- 500CIMPC -500D mic -preamp cards! 

990 OP -AMP offers higher slew rate and output current, lower 
noise and distortion, and better sound than stock 5534. 

JE 16B MIC -INPUT TRANSFORMER provides one -third the 
distortion, 15 dB higher input levels and better sound than 
stock JE- 115 -KE. 

SERVOIDC COUPLING eliminates coupling and gain -pot 
capacitors resulting in much better sound without DC offset 
problems. 
ON -CARD REGULATION eliminates the need for the MCI 
"swinging transistors." Reduces crosstalk and improves sound 
quality. And more! 
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misleading. 

Summary 
The Yamaha RM2408 is clearly a 

significant advance in the field of 
inexpensive, lightweight audio mix- 
ers. It is ruggedly constructed of what 
appear to be quality components. The 
change to an in -line monitoring sys- 
tem enhances the flexibility of the 
mixer over what was possible with the 
previous PM -1000 and PM -2000 units. 
Buffering of the VU meters is a step 
that has helped yield the excelled 
THD performance quoted in the Spec- 
ification tabulation of Table 1. Micro- 
phone pre -amp equivalent input noise 
ratings could not quite be observed, 
perhaps because of the relatively low 
pre -amp input impedeance that results 
in what is substantially a terminat- 
ing load for the microphone. I do 
object to the radical difference in mi- 
crophone loading with insertion of 
the 20 dB pad. This is another matter 
where simply designing the pad for 
the proper input /output impedances 
would have resulted in the desired 
attenuation without so significant a 
change in either microphone loading 
or apparent pre -amp source impe- 
dance. 

The choice of single -ended high - 
level input ports is one that I would 
only grudgingly accept were I to 
choose components for a prospective 
system installation. Obviously, cost 
is an important factor in the design 
and marketing of a console in this 
price range; I fully recognize that 
frills cannot be suffered without con- 
sequence of the market place. After 
all, how many musicians and small - 
studio operators will pay out any 
hard -earned cash for something so 
exotic as a "differential input "? I will 
candidly admit to prejudice in this 



matter, but only due to very bad past 
experiences. 

It is possible to configure a very 
quiet, buzz- and RFI -free system of 
large proportions centered around a 
console having differential high -level 
input ports, even though the high - 
level output ports may be single - 
ended. Such is not the case for even a 
medium -scale, totally single -ended 
console that is the center of even a 
fairly small installation. Often, liber- 
ties must be taken with the grounding 
system to obtain initial operation of 
such a system. Reliability of the sys- 
tem, when new components are added, 
becomes problematical as the number 
of current- carrying shields and returns 
grows with the number of AC power 
cords and, presumably, ground lifts. 
The existence of even one device hav- 
ing high primary -to- secondary power 
transformer capacitance can upset 
the delicate balance that may have 
been previously achieved by painful 
trial and error. The potential for 
unpleasant electrical shocks to 
unwary personnel is always a risk in 
that kind of situation. 

The earlier Yamaha PM -1000 con- 
soles featured balanced, floating input 
and output ports through use of trans- 
formers, and it was this detail that 
made them so widely accepted by the 
sound -reinforcement fraternity. 
Single -ended signal ports are deadly 
in a hostile environment where power 
grounding merely conforms to local 
safety ordinances. 

The use of phono -type connectors is 
another matter I have been condi- 
tioned to regard with distaste. I have 
had many problems with the reliabil- 
ity of phonos, especially where they 
are often connected and disconnected - gold plated or not. This is true of my 
home sound system, and is doubtless 
true of the reader's experience as well. 
Convenience is a marketing factor, so 
I will rant no more on this subject. 

The clipping levels at the +4 dBv 
output ports was observed ranging 
from +20.3 to +20.6 dBv into a unit IHF 
load of 10 kohms: this is inadequate 
headroom (16 dB) for live acoustical 
instrument recording that is at all 
demanding. Because the low -level 
phono output ports are derived from 
resistive dividers, the margin before 
clipping is not enhanced by the drop- 
ping of the phono port output level to 
-10 dBv; the same 16 dB of headroom 
applies. 

The relatively high source impe- 
dances of 430 to 600 ohms make the 
driving of any but high input impe- 
dance ports risky, as mentioned above. 
The still higher phono port source 
impedance, listed by Yamaha as 2,000 
ohms calculated at about 4,700 ohms, 
bodes ill for lengths of commonly used 
cable that are longer than about 30 

feet. Assuming the use of conserva- 
tive 30 pF per foor (100 pF per meter) 
cable, a 30 -foot (10m) run would roll - 
off at about 37 kHz when driven from 
a 4,700 ohm source. 

The Yamaha RM2408 represents a 
degree of external beauty and a meas- 
ure of fairly reasonable performance 
within the limits of its price. This wri- 
ter's paranoia and insecurity aside, it 
will likely serve the moderate scale 
needs of a home recordist or small 
commercial recording facility in a 
cost -effective manner. 

MANUFACTURER'S REPLY: 
Yamaha International Corpo- 

ration, Combo Products Division, 

replies as follows. 
As pointed out in Peter's review, 

the RM2408 compares very favor- 
ably with the much more expensive 
consoles that he is accustomed to 
in his daily work. At just $9,900 
suggested retail, the RM2408 has a 
wide range of uses, including re- 
cording and many broadcast pro- 
duction applications. The review 
does not contain Peter's specific 
test procedures, so it is difficult to 
comment on his observed specs. 
The RM2408's hum and noise are 
measured with a -6dB per octave 
filter at 12.47 kHz: equivalent to a 
20 kHz filter with infinite dB per 
octave attenuation. 

Now an Aural Exciter 
for Every Audio Channel! 

Now you can add 
the psychoacoustic 
exc tement of an Aural 
Exc ter to every audio 
cha-inel without filling 
your entire rack with 
stereo Aural Exciters. 
The new Modular 
AO-ex Aural Exciter 
is designed to fit in 
the popular Aphex 
R -1 Rack System. Ten 
across! Or nine across 
in the dbx F900 Rack 
System. 

This new modular ver- 
sior restores natural bright- 
ness and presence... 
improves intelligibility... 
increases perceived loud - 
ness...and generally 
improves acoustic per- 
formance. All without the 

Az 11001 unnatural distortion 
which car be caused 
with other signal 
processing. 

See the Modular 
Aural Exc ter a-. your 
sound professional's 
soon. And, whie you're 
there, check out the 
modular Aphex EQF -2 
Equalizgr #Filter and 
the CX -1 Compressor/ 
Expander. For the name 
of your cealer, call 
1- 800 -76 -APHEX (in 

California, 1- 818 -765 -2212). 

Pat 
Aphex Systems Limited 
13340 Saticoy Et. 
North Hollywood, CA 9-605 
(818) 765 -22-2 
TWX 910 -32- -5762 
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IN -USE OPERATIONAL ASSESSMENT 

LINNDRUM 9000 DIGITAL DRUM 
MACHINE AND SEQUENCER 

Reviewed by Bobby Nathan 

To many studio engineers and 
producers, one of the most 
exciting new MIDI- equipped 

products to be launched recently is an 
improvement on a drum machine that 
was not only considered to be the first, 
but is still regarded by many to be the 
best. The original Linn Drum LM -1 

was feared by all who could not mas- 
ter it. Drummers found it easy to have 
mixed emotions about its place in the 
recording studio. Engineers, who had 
built reputations on the strength of 
their trademark "drum sound," also 
were not too thrilled about the drum 
machine's existence. While users felt 
drum machines could never replace 
the live drummer, nevertheless the 
drum machine did find a home in the 
studio. It has spawned many imita- 
tions - some with less features and a 
lower price, and others with new fea- 
tures. The existence of drum machines 
has created a staggering amount of 
interface problems and, of course, 
with these problems came an even 
more staggering array of devices to 
solve them. 

Although the LM -1 was first on the 
market, it was not until Roger Linn 
introduced the LinnDrum - for almost 
half the price of the original LM -1 - 
that the drum machine era had been 
truly established. And Linn Electron- 
ics' newest entry, the LinnDrum 9000, 

is now twice the price of the "industry - 
standard" LinnDrum. 

At a time when the quality and 
advanced features of today's drum 
machines seem to be costing less, one 
would ask why Roger Linn has taken 
the gamble to market the LinnDrum 
9000 expressly for the recording stu- 
dio and financially secure producer/ 
artist /session players? At first glance 
the 9000 is just another drum machine 
but, after a closer look, it is clear that 
it is no ordinary drum machine. 

Front -panel Features 
The IinnDrum 9000 has 18 velocity 

sensing pads to enable drum patterns 
to be programmed. Each pad (or 
instrument) has completely inde- 
pendent tunable pitch, velocity, 
volume and panning controls. Each 
sequence /pattern will remember all 
pitch tunings, velocity, volume and 
panning settings. As a result, if you 
append sequences, the pitch, velocity, 
volume and panning will switch 
automatically. The 9000 is the first 
velocity -recording drum machine 
equipped with only one pad for high - 
hat, but with a most clever slider (or 
optional foot pedal) to enable every 
high hat nuance between open and 
closed to be duplicated. To me, a high - 
hat sound is an immediate giveaway 
that you are listening to a drum 

machine on a particular record. After 
hearing the LinnDrum 9000's high 
hat playing a pattern, with not only 
velocity and dynamics but all the 
open and closed timbres, it's pretty 
hard to tell you're listening to a 
machine - it sounds like a drummer 
with great time. 

The same also holds true for the dig- 
itally recorded sounds of kick, snare, 
claps, two congas, sidestick, cabasa, 
cowbell, tambourine and, especially, 
the four tom -toms. Unlike the Linn - 
Drum, on the LinnDrum 9000 it is 
possible to play all four toms and the 
two congas simultaneously. There is 
also a "Tap" button which will allow 
you to listen to, for example, a cassette 
in the control room and, by tapping in 
two '/, -note taps (in time with the 
cassette), to read the bpm (beats per 
minute) of the cassette's tempo and 
simultaneously set the LinnDrum 
9000's tempo. 

Another interesting little button is 
labelled "Repeat." When activated, 
the repeat button will allow you to 
press any of the 18 pads and have a 
repeating trigger for the instrument 
chosen. The rate is set by the error 
correction amount (1/4 note thru 1/32 - 

note triplet). An example would be 
programming in a press roll on the 
snare pad for as long as you hold the 
snare pad, with the loudness of the 
press roll being determined by how 
hard you press the pad. 

A back -lit Liquid Crystal Display 
(LCD), which can be read easily in low 
light environments, shows pattern 
and measure numbers. The 9000 also 
features a "Help" button that causes 
the LCD to display the appropriate 
help message for whatever function 
you're currently working with. 

Erasing an instrument, measure or 
pattern /sequence is easy: you simply 
press "Erase," and the LCD prompts 
you. For example, the display reads 
"Erase measure," "1 or all" and you 
enter the currect info. Future software 
updates will allow the LCD to display 
various screen editor functions. 

There is no song mode as we have 
come to know it, with part numbers 
and corresponding pattern numbers; 
instead, there are only sequences. To 
write a song, you would append var- 
ious sequences onto the end of an 
existing one. Instead of the display 
showing part numbers, it reads mea- 
sure numbers. This latter feature I 
find to be most suited to the needs of a 
composer. You can also insert or 
delete different sequences via "Mea- 
sure Number In- point" to "Measure 
Number Out -point" style editing. 
There is also a scratch -pad built into 
the software to aid in programming a 
sequence into a song. 
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A U D I O P R O C E S S I N G 

THE ENTIRE AUDIO INDUSTRY IS MOVING 
RAPIDLY INTO THE AGE OF DIGITAL RECORDING 
AND SIGNAL TRANSMISSION THAT'S WHY 
SIGNAL PROCESSORS PURCHASED TODAY MUST 
HAVE WIDE DYNAMIC RANGE. FREEDOM FFOM 
DISTORTION. AND THE EXTENDED BANDWI NTH 
NECESSARY TO PERFORM IN BOTH THE ANALOG 
AND DIGITAL DOMAINS. 

AUDIO & DESIGN IS THE INDUSTRY LEADER 
IN AUDIO PROCESSING TECHNIQUES AND 
TECHNOLOGY YOU'LL FIND OUR EQUIPMENT IN 
SUCH DIVERSE APPLICATIONS AS BROADCAST. 
SATELLITE UPLINKS, RECORDING. FILM, VIDEO 
AND EVEN SOUND REINFORCEMENT AFTER ALL 
AUDIO & DESIGN OFFERS THE BEST AND MOST 
COMPLETE LINE OF PROCESSING GEAR IN 
THE WORLD WITH PRODUCT RELIABILITY AND 
CUSTOMER SUPPORT SECOND TO NONE. 

BE READY FOR TOMORF'OW S CHALLENGES 
BY MAKING THE RIGHT EQUIPMENT DECISIONS 
TODAY. CONTACT AUDIO & DESIGN FOR ALL 
THE DETAILS 

AUDIO & DESIGN RECORDING, INC. 
P O Box 786 Bremerton. WA 98310 Phor e 206 -275 -5009. 206 -275 -5010 Telex 15 -2426 

AUDIO & DESIGN RECORDING, LTD. 
Unit 3 Horseshoe Park Pangbourne. Reading RG8 7TH Berkshire. England 

Phone (0734) 53411 UK Telex 848722 THE HIT SOUND IN AUDIO SCIENCE. 

Manufacturer of Compex' and Vocal Stresser" compressor -limiters 'SCAMP" modular products /Transdynamic' to -band processor'PROPAK" E1AJ 
ntertace /Expanders /Gates /AGC amps/E0 and Filters /De- Essers /Preamps'DA si SMPTE & EBU time code products Effects units and other accessories 

Audio+Design 



-r> ytri¡ 

w` ' s.vseror 
1. 

.__ _.... 
. q.. 

I.....0 wy. 
1 cvc 

Li) q.., 
s. 

wn' ÿ ñ . 

T.N Kw» 
n Tpe 

a 
. .... GATEX 

4r 

-A A -0 ... «.., ua;o 

p NO 1.1: 

Its the sound that every drummer de- 
sires and a goal for every recording 
engineer to achieve. Unfortunately. 
drummers are only human and drum 
sets aren't perfect. Thus, the need for 
Gatex. 

With its Program Dependent At- 
tack, Gatex eliminates turn -on "pop ", 

USAudio Inc. 

Punch... 
while maintaining attack times suffi- 
ciently short to accommodate all per- 
cussion instruments. Program 
Controlled Sustain automatically 
lengthens the release time as dic- 
tated by program content. To the en- 
gineer, this means short release times 
may be employed without creating 

unwanted distortion. while the drum- 
mer hears the natural decay of his 
instruments preserved. 

Gatex delivers the punch! 

N AN N - - - - -- - 
P.O. Box 40878 NASHVILLE. TN 37204 (615) 297 -1098 

The new Linnl)rum 90(R) did not 
forget the live drummer either, since 
patterns played by a live drummer on 
either Simmons or compatible pads 

can be recorded, as well as real drums 
with sensors attached. The unit comes 
with six trigger ins and outs; addi- 
tional trigger inputs can be purchased 

SUMMARY OF 
LINN 9000 DIGITAL DRUM 

MACHINE SPECIFICATIONS 
Number of sounds: 18, including bass, 

snare, hi -hat, four toms, two congas, two 
ride cymbals (regular and bell), two crash 
cymbals (standard and splash), cowbell, 
claps, cabasa, sidestick, and tambourine. 

Sequences: 100 drum and 100 synth. 
Note capacity (keyboard recorder): 

Over 7,000 (expandable). 
Note capacity (drums): Over 24,000 

(expandable). 
Internal memory: 64K (expandable). 
Storage media: cassette or optional 

installed 3.5 -inch disk drive. 
Cassette interface: Mike -in, line -in, 

line -out. 
Sync -pulse rate: preset at 48 cycles per 

quarter note. 
Tempo range: 48 to 250 bpm. 
Audio outputs: Mix outputs line level, 

+4 dBm VU, +14 dBm peak with all drums 
playing at maximum volume level into 20 
kohm line input. Direct outputs - line level, 
typical 0 dBm VU. 

External audio inputs: Line level, 2K 
ohm impedance. 20 Hz to 28 kHz. 

Power requirements: 110V or 220V 
AC; 50 or 60 Hz. 

Size (H x W x D): 6 by 24 by 14 inches. 
Weight: 29 pounds. 
MIDI -In, MIDI -Out, and MIDI -Thru 

jacks. 
Trigger In: Six dynamic- sensitive for 

internal drum pads or virtually any audio 
source. (Expandable to 12 inputs.) 

Trigger Out: Two independently pro- 
grammable jacks provide an electrical 
trigger pulse ( +5V) suitable for sychroniza- 
tion with external gear. 

Footswitches: Two inputs indepen- 
dently programmable for hi -hat open/close, 
start /stop, record punch -in and -out, erase, 
repeat, error correct defeat, tap tempo, or 
sequence increment/ decrement. 

Cassette: Intended for loading and con- 
trolling data from a cassette recorder, the 
MIC OUT is specifically designed to 
accommodate cassette players with micro- 
phone input only. 

Sync: During playback, the 9000 will 
sync itself to tape by the OUT sending a 
tone that can be recorded onto one track of 
the tape machine. 

High -Hat Pedal: This feature allows the 
voltage control pedal to remotely control 
the hi -hat decay. 

Click: Separate output for recording 
click. 

Individual Outputs: Direct outs for all 
drum and percussion voices, thereby allow- 
ing individual signal processing of each 
ouput desired. 

Audio Out: Left and right outputs for 
stereo mix. 

Audio In: Two general purpose inputs to 
the mixer may be used for outboard gear. 
OPTIONS: 

Audio input card for sampling (record- 
ing) your own sounds. 

3.5 -inch on -board disk drive to sto- 
re /reload sequences and /or sounds. 

64K or 128K static RAM memory 
expansion, up to 256K. 

SMPTE reader and generator card. 
Additional six trigger input card (total: 

12). 
Price: $4,990 retail for basic machine with- 
out options listed above. 
Linn Electronics, Inc., 18720 Oxnard St., 
Tarzana, CA 91356. (818) 708 -8136. 

as an option. Unlike the Linnl)rum, 
the 9000's trigger inputs respond vir- 
tually instantaneously; they can also 
read analog triggers, allowing audio 
from tape with dynamics to also 
trigger the unit. 

Data storage is by means of a new 
design in cassette -dump technology. 
In contrast to many other units, the 
cassette dump accepts a very wide 
range of level from tape. A :ii -inch 
Sony disk drive is available as an 
option for memory storage. Unlike the 
LinnDrum, the 9000 enables new, 
alternate sounds to be loaded from 
cassette or floppy disk. Sound good so 
far? The LinnDrum 9000 will also 
include, as an optional extra, a sam- 
pling card that enables the user to 
sample up to four drum sounds at one 
time, and to store the samples on 
cassette or disk. Obviously, you could 
program a song and choose between 
hundreds of stored samples at any 
time during the project. 

The Linnlrum 9000 now incorpo- 
rates a programmable metronome 
that is variable from 1,4 -note to i 32 

triplet; the tempo of each pattern is 
also programmable. When merging 
two patterns together of different 
tempos - for example 124 to 117 bpm 
-the number of bars it will take to 
change tempo can be programmed, 
making severe changes a smooth 
affair. The 9000's sync tone is still a 
standard FSK 48 beat per';, -note tone, 
but the unit will be able to read its own 
FSK and output all industry standard 
clocks: ' ;'a note thru t 64 -note triplets. 

Future options include a sort of 
MIDI Clock SMPTE-type of sync 
tone. Once the master multitrack tape 
has been striped with the sync tone, 
you can fast -foward, rewind, and drop 

R -e /p 182 0 February 1985 



the multitrack into play anywhere on 
the tape, and in song mode the 9000 
will act like a SMPTE transport by 
follow- chasing the multitrack tape 
and be perfectly sync with the tape 
every time. This is a real track saver 
for an eight -track studio, since the 
drums do not have to be printed on 
tape, and the latter does not have to be 
started from the top of the tune every 
time for the drums to synchronize. 

MIDI Sequencer 
As if all these features weren't 

enough, the LinnDrum 9000 is not 
just a drum machine. Instead, it 
should be considered as a multitrack 
tape machine for MIDI -equipped syn- 
thesizers. The sequencer section 
includes 99 sequences, each with 32 
tracks, and features Copy a Track, 
Append a Track, Copy a Sequence, 
and Append a Sequence functions. 
Error correction must be determined 
before recording, but with the punch 
in /over modes, you can change the 
error correction for different riffs. A 
method you might like to try to error 
correct after the fact would be by 
patching a MIDI cable out of the 
MIDI -Out jack and into the MIDI -In 
jack, and bounce your first track to 
another track with error correction 
selected for the new track. In this way 
you can record in real time and choose 
to quantize a track later. Or you can 
save various performances on differ- 
ent tracks and then choose which 
track to use; you can mute playback of 
any track or solo it; you can either 
overdub on an already existing track 
or erase it by recording over it; you 
can change the MIDI channel status 
of any given track after it has been 
recorded; and so on. 

The way the built -in sequencer 
records the data is more like a drum 
machine, than other sequencers. You 
start off by pre- determinating how 
many bars your sequence will be. 
Then, when recording on a track in 
that particular sequence, that track 
will stay in record and loop. For 
example, if you are trying to record a 
four -bar pattern that has a pickup on 
the 3 -and of bar #4, you can start play- 
ing there, and keep recording until the 
3 -and of bar #4 comes around again. If 
you stop playing there you will hear 
what you just played in. If you missed 
a note you can add it the next time it 
comes around. You can even overdub 
pitch bend, or modulate the next time 
it'comes around. Or you can punch -in 
on any track anytime without erasing 
what was there, unless you choose to 
do so. Oh, I forgot to tell you, the 
sequencer also records velocity. And, 
depending on how you compose, you 
can record a sequence or sequences 

assembled into a song first, and then 
program the drums to your sequences, 
or vice -versa. 

The controls for the sequencer are 
more like those of a tape recorder - 
you have Fast Forward, Rewind, 
Play, Record, and Stop. There is even 
a programmable autolocate button to 
search out a particular measure 
number from which to start. While lis- 
tening to any sequence, you can 
punch -in, record, punch -out, or fast 
foward /rewind to a particular place 
(measure number) in the sequence. 

The9000's MIDI capability is totally 
together, since it works extremely 
well with the Yamaha DX7 (possibly 
the true test of a unit's versatility). A 
MIDI Echo function is provided - not 
to be confused with digital delay or 
tape slap - an example of Echo use 
would be the setting up of a DX7 as a 
master MIDI keyboard to write a bass 
line onto track #2A the 9000's 
sequencer. Track #2 is set to MIDI 
channel #3. A Roland Super Jupiter 
synthesizer controller is then plugged 
into the sequencer's MIDI -Out jack, 
and set to receive only data on MIDI 
channel #3. The MIDI Echo feature 
allows the user to monitor the sound 
of the Super Jupiter, while playing the 
DX7 keyboard during record and 
playback. (In fact, this topic deserves 

a separate article of its own, which I 
will try to cover in an upcoming issue 
of R -e /p.) 

Because the 9000 is a drum machine 
and a sequencer built into one unit, 
the need for an interface box is non - 
existant. The inside of the 9000's 
mainframe is laid out in a similar way 
to the IBM PC, with extra slots for 
memory expansion, printer interface. 
monitor interface, and a modem option 
that would allow for a musician in 
L.A. to compose songs with another 
composer in New York. (In essence, a 
studio musician at home with his 9000 
could download a song from the stu- 
dio, add his part, and then upload it 
back to the studio via modem and 
then to tape.) 

The biggest frustration with all 
drum machines/sequencers has been 
getting them to interface with other 
devices. The next biggest problem 
that has plagued us is that, up to now, 
sequencers have not been user 
friendly. The set -up time required to 
establish a sequencer /drum machine 
interface has been most time consum- 
ing. Now, with the first stand -alone 
drum machine /sequencer available 
for what I consider to be a reasonable 
price, it remains to be seen what affect 
it will have on the ever -changing 
recording studio industry. 

In A/B tests, this tiny condenser microphone 

equals any world -class professional microphone. 

Any size, any price. 
Actual Size 

Compare the Isomax I I to any other 
microphone. Even though it mea- 
sures only 5/15" X 5 /e" and costs just 
$189.95,* it equals any world -class 
microphone in signal purity. 

And Isomax goes where other micro- 
phones cannot: Under guitar strings near 
the bridge, inside drums, inside pianos, 
clipped to horns and woodwinds, taped to 
amplifiers (up to 150 dB sound level!). 
Isomax opens up a whole new world of 
miking techniques far too many to men- 
tion here. We've prepared information 
sheets on this subject which we will be 
happy to send to you free upon request. 
We'll also send an Isomax brochure with 
complete specifications. 

Call or write today. 

(Ri 

Pro net price for Omnidirectional, Cardioid, 
Hypercardioid, and Bidirectional models. 

COUNTRYMAN ASSOCIATES INC. 
417 Stanford Ave., Redwood City, CA 94063 (415) 364 -9988 
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New Proc ucts 
NEW SERIES 600 

RECORDING CONSOLES 
FROM SOUNDCRAFT 

Responding to the upsurge in 8- and 
16 -track recording facilities, the Sound - 
craft Series 600 is available in 16 -, 24 -, and 
32- channel input mainframes, and fea- 
tures eight group outputs paralleled for 
16 -track operation. The standard console 
is fitted with a full 16 -track monitor sec- 
tion. In addition, added flexibility is 
offered by means of direct channel 
outputs. 

LED bar graph metering is standard, 
and the console is switchable for -10 dBv 
or +4 dBm operation to interface with the 
majority of tape machines. Six aux sends 
are provided, with the capability of each 
pair to be used either pre- or post- fader, 
or pre- or post -EQ on each input module. 
Stereo input modules are also available 
for audio /video post production. 

The Series 600 is priced as follows: 16- 

channel $6,950; 24- channel $8,750; and 
32- channel $10,950. 

SOUNDRCRAFT 
ELECTRONICS, INC. 

For additional information circle #143 

MODEL 1772 CONDENSER 
CARDIOD MIKE FROM 

ELECTRO -VOICE 
Designed for use in problem sound 

reinforcement systems where reflection 
and speaker placement demand high 
gain- before -feedback, according to Jim 
Edwards, E -V's market development 

manager, the new Model 1772 "maxim- 
izes gain -before -feedback through a 

smooth, peak -free frequency response, a 

fine -tuned cardiod pick-up pattern which 
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reduces room reverberation and rejects 
unwanted background noise, and innova- 
tive transducer positioning for excep- 
tional sensitivity." 

With wide dynamic range and 137 dB 
headroom, the new mike is said to re- 
produce the highest sound pressure lev- 
els without overload or distortion. Con- 
denser design and internal LF filters 
minimize handling noise, and an intergral 
pop filter protects against wind, breath 
and pop. 

Weighing less than 11 ounces, the 1772 
features a durable Memraflex grille and a 

zine diecast case with non -reflecting 
epoxy finish. Battery or phantom power 
(24 to 48V) options are available. 

ELECTRO- VOICE, INC. 
For additional information circle #144 

AXE ANNOUNCES DI -400 
FOUR -WAY DIRECT BOX 

The DI -400 Quad Direct Box is an AC- 
powered, rack -mounted version of the Dí- 
100 direct box, and contains four separate 
line -level Dls with variable gain. Because 
the unit is capable of sending a +4 dBm 
signal, with plenty of headroom, direct to 
a multitrack, it can eliminate the need for 
the mixing console altogether. The rack - 
mounting capability eliminates cables and 
boxes on the floor when recording syn- 
thesizers in the control booth. 

The unit can also be wall mounted in 
the studio's main room, or located on the 
floor for easy access whenever multiple 
direct boxes are needed in a central area - such as rhythm section or synthesizer 
dates, as well as live concerts. 

Suggested retail price of the DI -400 is 
$900. 

ARTISTS X- PONENT 
ENGINEERING 

For additional information circle #145 

SCV MODEL PC -80 
PHASE MEASUREMENT SYSTEM 

The Model PC -80 is a portable, abso- 
lute phase measuring system allowing the 
checking of any audio system, including 
microphones, loudspeakers and louds- 
peaker systems, console patch points, 
plus studio wiring. 

The system, which consists of a genera- 
tor and a detector, allows measurement 
to be made eithe acoustically, by generat- 
ing and sending a 1 kHz special wide -band 
pulse to a self -contained speaker and 
reading it with the detector's built-in mic- 
rophone, or electrically through standard 
XLR -type connectors. In the latter mode, 
the generator features an output level 
control of 0 to 1 VRMS at 1 kohm load 
impedance for measurement of wired sys- 

tems. Modes are switchable from internal 
mike, line or external mike. LEDs are 
provided to indicate in -phase (green), 
reverse phase (red) as well as power on 
(yellow). 

The frequency spectrum is as follows: 
electrical mode - 1 Hz to 20 kHz (gener- 
ator and detector); acoustical mode - 
200 Hz to 5 kHz (generator) and 100 Hz to 
15 kHz (detector). The two separate units 
each accept standard 9 -volt batteries 
allowing operation of up to 50 hours each. 

Suggested list price of the PC -80 is 

$299. 
SCV INC. 

For additional information circle #146 

NAKAMICHI INTRODUCES 
THREE -HEAD PROFESSIONAL 

CASSETTE DECK 
The MR -1 features a unique Asymmet- 

rical dual- capstan diffused -resonance 
transport, which is said to be so accurate 
that no pressure pad is required to main- 
tain tape -to -head contact. A discrete 
three -head configuration provides per- 
fectly accurate azimuth alignment, 
extended bandwidth and exceptional 

dynamic range, according to Nakamichi. 
Front -panel '4-inch, balanced line -input 

jacks simplify temporary connection, 
while rear -panel balanced XLR -type input 
and outputs provide permanent connec- 
tion. The balanced input are 600 -ohm 
impedance and rated input level is +4 dBm 
with 16 dB of headroom; minimum input 
level is rated at -6 dBm. Balanced line 
ouputs are designed for termination in a 

standard 600 -ohm load, and have a 

source impedance of 100 ohms (bal- 
anced). Nominal output level is identical 
with nominal input level ( +4 dBm), with 16 

dB headroom to saturation. Also, a front - 
panel headphone jack drives up to 100 

mW into a four -ohm load, and is provided 



MIXER THE 

SERIES 65 
THAT DOESN'T LIVE UP TO 
EXPECTATIONS 

000000 000000 

7+: ;-r -l-: 

If you're looking for a compact, economically priced mixer that will grow 
with your needs for 4, 8 or 16 track operation, you've probably been disappointed 

with the lack of `Big Studio' facilities they have to offer. Series 65 is a 'Big Studio' mixer 
in a compact frame at a very economical price. Fully modular, these are just some of the stunning 

features: Four bane E.Q. (incorporating 2 swept mid ranges), eight auxiliary sends (balanced), separate mic 
and line inputs (balanced), stereo solo, auto -mute, monitor equalisation (three band incorporating a swept mid 
range and routable to group or monitor), four echo returns and unique 'Group assignment' which allows 8 or 
16 track recording without the need for cross patching or paralleling outputs. Technically the console offers 
the same sonic quality that has made TRIDENT a legend among world class recording studios around 

the world. Check out the SERIES 65 today. In a world tk here you'd expect alternatives, 
there is only one : TRIDENT. 

Everything Audio Leo's Professional Audio RMS Sound Comcast Southwest Pro Audio 
Southern California Northern Ca ifornia Northwest Indiana Texas 
(818) 995 -4175 (415) 652- 1 553 (503) 239 -0352 (317) 849 -7050 (512) 443 -4567 

Ear Pro Audio Audio Techniques 
Arizona New York City 
(602) 267 -0600 (212) 586 -5989 

SEE US AT 
BOOTH #633 NAB 

Trackside Engineering 
Southeast 
(404) 436 -3024 

TRIDENT U.S.A. INC. 
280 Mill Street Ext. Lancaster. Mass 01523 U.S.A. 

Tel: (617) 365-2130/(617) 368 -0508 Telex: 951546 TRIDENT 
For additional information circle #147 
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PRECISION 

MAGNETIC 

TEST TAPES 
Introducing two NEW SERIES 

of test tapes manufactured 
to lEC and NAB equalization 

standards with extended 
frequency range and using 

international test frequencies. 

Hz SEC. 
1/4" 1/2 1 " &2" 

1000 30 40 60 
4000 10 12 20 
8000 15 20 30 

16000 20 25 40 
1000 10 12 20 

31.5 10 12 20 
40 10 12 20 
63 10 12 20 

100 10 12 20 
125 10 12 20 
250 10 12 20 
500 10 12 20 

1000 10 12 20 
2000 10 12 20 
4000 10 12 20 
8000 10 12 20 

10000 10 12 20 
12500 12 15 25 
16000 12 15 25 
20000 12 15 25 

1000 12 15 25 

Program used on new series of 
test tapes at 7'2, 15 & 30 IPS. 

Send for free catalog. 

STANDARD TAPE 
LABORATORY, INC. 

26120 Eden Landing 

Road #5, 

Hayward, California 

94545 U.S.A. 

(415) 786 -3546 
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New Products 
with a headphone volume control inde- 
pendent of the line- output level control. 

The unit features Dolby B and C noise 
reduction and provisions for external NR 
processors via phono jacks. Dual 16- 

segment, peak- reading meters with an 
attack time of 100 milliseconds and a 

decay time of 2 seconds indicate recor- 
ding/playback levels in 2 -dB steps from 
-20 dB to +10 dB, re: nominal level. 

Frequency response is a quoted 20 Hz 
to 20 kHz, t3 dB, at the -20 recording 
level. The geometry of the Crystalloy 
playback -head core is said to virtually 
eliminate contour effect ( "head bumps ") 
for smooth bass response; the head's sub - 
micron gap resolves wavelengths that 
correspond to recordings at 20 kHz and 
above. Wow and flutter is a quoted 0.027 
WRMS, ±0.048 %, weighted, peak. 

The MR -1 carries a suggested retail 
price of $895. 

NAKAMICHI U.S.A. CORP. 
For additional information circle #148 

WHEATSTONE MTX -80 
LIVE /RECORDING CONSOLE 

The latest addition to the Audioarts 
Engineering line of recording and sound - 
reinforcement consoles, the MTX -80 fea- 
tures continuously variable gan, phantom 
power, mike phase reverse, three -band 
semi -parametric 'EQ, channel on /off, 
direct outs, and assignable sends on all 
input modules. 

The eight sub -groups include group 
on /off switches and 11 -by -8 matrix out- 
puts to provide a multitude of send for 
video, multitrack recording, and remote 
sound -reinforcement feeds. The group 
and master left and right modules include 
auxiliary inputs; the master left and right 
also include sweepable highpass filter and 
talkback. 

All input and output modules utilize the 
company's long -throw M -104 fader and 
include highpass filters, patch in /out, a 

comprehensive solo system, and peak 
indicators. The console comes standard 
with master effects send module, effects 
return module, and control room module. 

WHEATSTONE CORPORATION 
For additional information circle #149 

SHURE SM98 
INSTRUMENT MICROPHONE 
Described as the first professional- 

quality miniature unidirectional condenser 

microphone designed specifically for 
instrument and amplifier miking, the new 
SM98 combines the convenience and 
adaptability of small size with professional 
performance capabilities. Reporting on 
the early professional acceptance of the 
SM98, Sandy Schroeder, Shure market- 
ing manager /professional entertainment 
and general audio products, remarked: 
"Soundmen found placement of the SM98 
quick and uncomplicated, especially 
around a drum set. Musicians corn - 
mented on the SM98's 'natural' clean 
sound, and the freedom afforded by its 
undistracting small size. Compared with 
widely used, high-performance conven- 
tional instrument microphones, the SM98 
offers the positioning and performance 
advantages of miniaturized components, 
and advanced condenser technology 
which has generally higher performance 
than dynamic microphones." 

The mike utilizes advanced technology 
in its low- noise, low -distortion pre -amp, 
allowing it to withstand close miking of 
drums, brass instruments, amplifiers, and 
other high SPL sources without distor- 
tion. It features a flat frequency response 
with switchable low -end rolloff. Due to its 
small size - half -inch diameter, 11,4 length - the SM98 is said to offer a near -perfect 
cardiod polar pattern at all frequencies. 

Included is a unique swivel adapter that 
allows the microphone to be used with all 
standard stands, booms, and goose- 
necks. Specialized mounting kits for 
Shure's SM83 are easily adapted to the 
new model, as is Shure's Z- bracket for 
amplifier miking. 

The pre -amp is powered by two stand - 
ard 9 -volt transistor batteries or a Simplex 
(phantom) power source, and features 
on/off and a low -end rolloff switch. 

User net price on the SM98 is $250. 
SHURE BROTHERS, INC. 

For additional information circle #151 

AUDIO *DESIGN /CALREC 
ANNOUNCES COMPEX 2 

COMBINED LIMITER, 
COMPRESSOR, 

EXPANDER /GATE 
Like the original Compex, the new 

model offers separate compression and 
expansion /gating, as well as overall peak 
limiting. In contrast, the dynamics control 
is effected with an extension of softer 
ratios and thresholds to -60 dB below 
normal operating levels - thus wide 
dynamic programs can be processed in a 

subtle manner throughout the program 
with ratios as low as 1.25:1, A +D /C 
claims. 

Other features include a choice of 
Log/Lin compressor release times, plus a 
unique AGC auto release characteristic. 
In the expander section, the ratio may be 
continuously varied from 1:1.2 plus auto 
mode for use with wide -band material. A 



further function of the expander /gate sec- 
tion is the Gate -Hold circuit, which can be 
triggered to delay the selected release 
time by anything up to two seconds, to 
allow a fast release to be used and a 

selected beat sequence to be repeated 
through the rating window. 

AUDIO +DESIGN /CALREC, INC. 

For additional information circle #152 

EAW ANNOUNCES FR -102 
FULL -RANGE 

LOUDSPEAKER SYSTEM 
Offering "high efficiency and wide cov- 

erage in a ultra -compact package," the 
FR -102's wide horizontal coverage and 
extended HF bandwidth are attributed to 
its new RCF N -252F compression tweeter. 
The N -252F utilizes magnetic dampening 
fluid, polymer film diaphragm, and con- 
stant horizontal geometry horn, to pro- 
vide "exceptionally smooth response" up 
to 18 kHz with coverage greater than 120 
degrees. The advanced high -temperature 
magnetic dampening fluid is said to signif- 
icantly lower distortion at high sound 
pressure levels, while increasing long- 
term power handling. 

While the small size of the FR -102 limits 
LF response to 70 Hz, active equalization 
is said to enable the useable response to 
be extended to 50 Hz. Additionally, the 
unit can be used with an optional sub - 
woofer for applications where low bass is 
required. 

Unusually smooth transition response 
- - ±1.5 dB, 150 Hz to 12 khz - is claimed 
to be achieved through the use of a third - 
order equalized crossover network with 
large air -core inductors and 5% toler- 
anced resistors and custom capacitors 
that provide 18 dB per octave slope. 

The FR -102 is described as being ideal 
for close -field playback applications where 
space is limited; highly portable sound 
reinforcement systems, under -balcony fill 
systems; and, with a subwoofer, small 
high-level dance systems. 

EASTERN ACOUSTIC WORKS 

For additional Information circle #153 

NEW OPTIONS FOR THE 
KURZWEIL 250 

DIGITAL SYNTHESIZER 
The options include a user sampling 

program, an expanded 8,000 -note 
sequencer memory, and a new block of 
preset sounds that triples the number of 
instrument voices pre -programmed into 
the keyboard. Also announced is a new 
personal computer interface for the 
Model 250 that enables users to store 
musical creations onto floppy disk. 

The new Sound Modeling Program, 
designed for use with the Apple Macin- 
tosh personal computer, allows the sound 
of any acoustic instrument to be recorded, 
and played back on the 250 keyboard. 
The 250's resident programming features 
then can be used to modify the sampled 

sounds in a variety of ways. The Sound 
Modeling program allows from 20 to 100 

seconds of sound to be sampled, at a rate 
ranging from 5 to 25 kHz. 

The 250's 12 -track sequencer is now 
expandable to a total of 8,000 notes - 
more than twice the memory available in 
the standard unit. The expanded 
sequencer accesses board editing capabil- 
ities that allow a single track, a single note, 
or an entire recorded sequence to be 
modified, and can also be used to auto- 
matically transpose the stored sequence 
to a different music key, or to speed it up 
or slow it down. 

The 250's initial 30 instrument voices 
are now supplemented by a new Sound 
Block of 15 voices, provided in the form of 
a ROM board that is retrofitted to the 

"SWISS ARMY MIXER"? 

An appropriate nickname for the 

SM 26 SPLITTER MIXER 
... a single rack space unit which contains: 

Master L & R inputs with stereo level contro, 
Six mono inputs and six mono outputs wits level controls 
Six dual function mix/pan pots 
Master L & R outputs with stereo level control 
Built -in variable gain for -10dBV / +4dBm interface 
Left and Right expand outputs 

This 5 lb. grab -bag of ins -outs -and -pots wil split, mix, pan, 
boost, or any combination of the above to solve an 

unbelievable variety of signal routing Droblemns: 

keyboard mixing and monitoring, live recording splitting, 
additional studio or stage monitor bussirg, zone level 

controlling, intercom splitting, line boosting, etc., etc., etc. 

If you've got the signal, the SM 26 has the path ... and for 
only $299 suggested ist price! ' 6510 216th SW, (206) 774 -7309 

C O R P O R A T 

ANE 
O N Mountlake Terrace, WA 95043 
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New -Products 
unit. Sounds now available through the 
Sound Block include a choir of human 
voices, woodwinds, harp, and electric 
bass. 

The new computer interface enables 
the memory storage capacity of the 
instrument to be expanded using an 
Apple Macintosh. Known as the MacAtt- 
ach Communications Package, the inter- 
face consists of a cable and disk file man- 
agement program, and allows sampled 
sounds, keyboard setups, sequences, or 
lists of setups to be stored and called from 
the Mac's memory. 
KURZWEIL MUSIC SYSTEMS, INC. 

For additional information circle #174 

IMS INTRODUCES SERIES 400 
AUDIO ROUTING SWITCHERS 
Built -in GPIB, RS -232, and RS -422 

interfaces allow an audio synchronizer, 
event controller, or video computer edi- 
tor to control the Series 400 Smart 
Switcher and its functions. The unit pro- 
vides up to 1,024 crosspoints in only 1012 

inches of rack space, and is field - 
expandable to virtually any matrix size. 

The Series 400 memory capability is 
said to speed up the process of patching 
and mixing audio effects, by allowing a 

microcomputer to access any number of 
tape machines and special effects sour- 
ces. The operator can check on routing 
status from a read -out of the source and 
destination of all connections. 

"More and more, the market is 
demanding increasingly sophisticated 

We're More Than Just a 
Big Fish in a Little Pond. 

For the ultimate in professional audio and 
audio post -production equipment and consultation. 

1/y figli 
the audio professionals 

24166 Haggerty Rood 
Farmington Hills, MI 48018 
(313) 471 -0027 994 -0934 Ann Arbor 

audio effects, especially in audio- for -video 
applications," says Jerry Kearby, IMS 
president. "Recording studios and video 
post -production houses are looking for 
routing switchers for their audio chains 
that are as flexible as their video 
switchers." 

INTEGRATED MEDIA SYSTEMS 
For additional information circle #156 

SPANTA MODEL SLC -1 
SOUND LEVEL CALIBRATOR 

The Model SLC -1 is a pocket -size, bat- 
tery operated unit that provides direct cal- 
ibration of SPL level meters and other 
sound measuring systems, and is designed 
to fit one -inch and half -inch microphones. 
Calibration frequency is 1 kHz, providing 
the same value for A, B, C, D and linear 
weighting networks. The excitation SPL 
is 94 dB. 

Calibration is effect by fitting the unit 
snugly over the microphone, pressing the 
pushbutton and adjusting the sensitivity 
of the sound measuring equipment until 
the meter indicates the correct SPL. Cali- 
bration accuracy is a quoted ±0.3 dB. 

SPANTA, INC. 
For additional information circle #157 

MODEL EQ213 STEREO 
EQUALIZER FROM SCV 

The Model EQ213 2 3- octave, 13 -band, 
stereo equalizer is intended for disk mas- 
tering, broadcast, TV and motion picture 
post -production, control room and PA 
applications. The unit features minimum 
phase active networks that are interanlly 
frequency adjustable, and ultra -low -noise 
integrated circuitry resulting in a quoted 
THD and IMD of 0.01%, and a SNR of 94 
dB/ 

Each band provides a cut and boost of 
12 dB (24 dB total) via long- stroke, center - 
detented controls. In addition, each 
channel features a level control that 
allows adjustable gain from infinite atte- 
nuation to an overall increase in 6 dB, with 
unity gain at the center -detent position. 

Inputs are 100 kohm electronically bal- 
anced, and outputs 600 -ohm balanced. 



Other features includes a ground lift 
switch, and a security cover to protect all 
controls against inadvertent disturbance. 
The unit's frequency response is 20 Hz to 
20 kHz, 0, -1 dB with 3 dB down points at 
10 kHz and 28 kHz. Center frequencies 
range from 63 Hz to 16 kHz with better 
than 2% accuracy. Maximum output level 
is +20 dBv at 1 kHz, 600 ohms. The unit's 
suggested list price is $843. 

SCV INC. 
For additional information circle a158 

SHURE RE- INTRODUCES 
MODEL 520D 

"GREEN BULLET" 
First introduced over 40 years ago, the 

"Green Bullett" has become the preferred 
microphone choice of contemporary 
harmonica players. In addition to fitting 
comfortably into the harmonica player's 
palms without obstructing his playing 
technique, the 520D's specially controlled 
frequency response - 100 Hz to 5 kHz - 
is said to be ideally suited to the harmon- 
ica; it delivers the optimum amount of 
distortion necessary to produce the 
"dirty" sound that blues, rock, and coun- 
try players desire. 

The 520D is a controlled magnetic, 
omnidirectional dual- impedance micro- 
phone. In addition to hand holding, it can 
be mounted on a microphone stand, 
boom, or gooseneck. The microphone 
has been completely retooled and revital- 
ized to guarantee its original performance 
and dependability. 

User net price of the Model 520D 
"Green Bullett" is $91.75. 

SHURE BROTHERS INC. 
For additional information circle #159 

STANDARD TAPE INTRODUCES 
NEW SERIES OF TEST TAPES 
The first new series is manufactured to 

international (IEC) frequency character- 
istics, and the second to domestic (NAB 
and AES) frequency characteristics. STL 
will continue to manufacture its existing 
series of NAB characteristic test tapes 
utilizing STL original programs. 

STANDARD TAPE 
LABORATORY, INC. 

For additional information circle #160 

MODEL 525 DUAL -GATED 
COMPRESSOR /LIMITER 

FROM SYMMETRIX 
Applications for the Mocel 525 are said 

to include any situation where dynamic- 

range controllers are presently found - 
that is, anywhere there is a need for 
automatic gain control. The manufac- 
turer claims that the 525 will excell in 
sound reinforcement applications where 
the exparder /gate circuitry will aid in 
feedback suppression, and in studio vocal 

® ® 

proprietary fast RMS level detection cir- 
cuitry, which is said to offer the best of 
both. RMS and peak level sensing. Also 
featured are newly developed program - 
dependent attack and release circuits in 
both the comp/ limit and expand/gate 
sidechains, which provide instantaneous 

- s1Retr;: 

tracking where the units' freedom from 
pumping and distortion will be greatly 
appreciated. 

Two channels are featured in a 13 /4-inch 
rack package; the unit is capable of simul- 
taneous compress /limit and expand /gate 
functions. Symetrix has incorporated its 

automatic adjustment of attack and 
release parameters. 

By arrangement with Valley People, the 
unit incorporates t :tat company's TA -104 

VCA. 
SYMETRIX, INC 

For additional information c rcle 4161 

There are many ways 
to split a mic, 
but only one way 
is best 
Jensen MB- serves Mic Splitter Transfcrmers 

WO- en you need to sp it a rr c, ,iou should use a trans- 
former because it provides a balanced, isolated signal to 
the input of each m xer: none o- the mixe-s' grounds 
need be connected _o each o-ner (via the nit cable) so 
ground -loop irduced noise is ea;ily avoided. There 
must be a Faradav shield on each winding :o that the 
transformer vs I not provide a path for capacitive 
coupling of :orrmon mode noise. 

JENSEN TRANS = ORMERS are test because, it 
adcition to meet ng -.hese requirements, they 
mirimize degrada..ion of the mi.: signal's f-e- 
qu_ncy response. phase response, and distortion 
characterist cs. -c prevent common mode noise 
from being converted to a diffe-ential sig-tal, 
ea& end of every wind ng in a JENSEN 
TRANSFORMER has its capacitarce 
precision -m3t_f ec to that 
wirriíng's Faraday shield. These 
are just a few cf the reasons why 
most engineer erri up using 
JEILSEN spline t-arsfo-mers 

-he JENSEN JE-M3-C, JE -M3 -C 
and - E -MB -E mi :rcphone bridg- 
ing t-ansformers will split a rit 
signal to 2, 3 or L mixers. 

Ins:V. on the best.. 
ins's on a JENSEN. 

jensen tfo 
I V C F F O 

ran 
a 

sA 
E_ 

rmers 
107.35 BURBaNF. 3LVD V. HOLLYWOOD, CA 91601 

(2-3) 876-0059 
i ibn by appointment only 

Closed frirays. 



Gordon Hardy. President & Dean - Jorge Mester, Music Director 

Aspen Audio Recording Institute 
Aspen. Colorado 

Summer 1985 4 Sessions 
July 1 -July 14 
July 15 -July 28 
July 29- August 11 

August 12- August 25 

In the splendor of the Rocky Mountains. 
the Aspen Audio Recording Institute offers 
4 intensive hands -on workshops in live 
recording techniques. Faculty is drawn 
from noted professionals of the recording 
industry. Using State -of- the-Art equipment, 
students record daily rehearsals and 
concerts of the Festival presenting a full 
range of recording experience from 
orchestra to opera, contemporary to jazz. 

For further information nr.. 
The Aspen Audio Recording Institute 
The Aspen Music Festiva. 
1860 Broadway Suite 401 
New York. New York 10023 

The Aspen Music Schrx ,rdrndS st.idents r, 

race color nat onai or ... ,c orig r 

We have the necessary top 
quality hardware: 

Corners, handles, catches, 
aluminum, extrusions, cables, 
connectors, vinyl and speakers. 

Write for free 60 page 
brochure and price -list. 

Please send 2 $ for postage. 

1cc 
FCC -Fittings 

Hawthorne, NJ 07506 
Postbox 356 e 

Phone: 201 423 4405 
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\-Qw ?roducts 
NIKKO AUDIO ALPHA 650 

POWER AMPLIFIER 
The Alpha 650, which features "Exclu- 

sive Terada Circuitry," is rated at 300 
watts per channel (minimum RMS, driven 
into eight ohms, 20 Hz to 20 kHz, with less 
than 0.08% total harmonic distortion). In a 
strapped mono mode, using a built -in 
bridging line transformer (BLT) circuit, 
the amp is rated at 500 watts RMS at eight 
ohms. 

Designed for commercial applications, 
the 650 offers XLR inputs, RCA outputs, 
banana plugs, and 1/4-inch mono phone 
jacks. The amp is said to be stable down 
to two ohms, and featuers a two -speed 
thermal controlled fan, responding to 
microprocessor commands. 

NIKKO AUDIO 
For additional information circle #166 

SEQUENTIAL UNVEILS TOM 
DIGITAL DRUM MACHINE 

A fully programmable drum machine 
featuring eight digitally recorded instru- 
ment sounds, the new unit provides pro- 
grammable volume, tuning and stereo 
pan individually for each drum and cym- 
bal sound. 

Up to 99 rhythm patterns can be pro- 
grammed, and each one can be from one 
to 99 measures long. Total memory 
capacity is more than 3,000 notes. Once a 
number of rhythm patterns have been 
recorded, the user can link them together 
(up to 99 different patterns) to create a 
whole song. Songs can be edited, copied, 
and appended in the same manner as 
patterns. Memory contents is retained 
even when power is off thanks to a back- 
up battery. 

TOM can be interfaced with almost any 
basic sequencer system through its multi - 
mode clock input and output. The unit 
also features MIDI, which enables volume 
and tuning to be programmed in real -time 
from any velocity- sensitive keyboard 
instrument. 

SEQUENTIAL 
For additional information circle .167 

COMPLEMENTARY PHASE 
PARAMETRIC EQUALIZER 

FROM MEYER SOUND 
The CP -10 is a 10 -band stereo paramet- 

ric equalizer featuring five bands of equal- 
ization per channel, with an additional 
high and low shelving cut filter for each 
channel. Front panel controls include 
boost or cut (±15 dB); center frequency 
selection (10:1 range), bandwidth control 
(0.1 to 1.1 octave); and individual in /out 
switches for each frequency band. 

The Complementary Phase design is 
said to ensure that phase shift due to 
equalization is predictable and minimal. In 
fact, one side of the equalizer can be used 
to correct a curve set up in the other side, 
the manufacturer claims, and the net 
result is not only a flat response, but also a 
time delay of less than 1 millisecond. 

Any frequency between 60Hz and 6 
kHz can be controlled by two equalization 
circuits per channel (or four EQ circuits in 
mono operation); 20 Hz to 60 Hz and 6 
kHz to 20 kHz are controlled by two EQ 
circuits and two shelving cut filters (or 
four and four in mono operation). 

The cut and shelving high- and low -pass 
filters are so described because as each is 
turned from flat to maximum cut the turn- 
over frequency shifts and the slope steep- 
ens, providing the user with a flexible tool 
for house -curve tailoring or bandwidth 
limiting. (Using the shelving cut filters at 
maximum attentuation reduces the 
bandwidth of the equalizer to approxi- 
mately three octaves between 5 kHz and 
500 Hz, with a filter slope of 6 dB per 
octave above and below those frequen- 
cies.) 
MEYER SOUND LABORATORIES, INC. 

For additional information circle #166 

DELTALAB MODEL CE -1700 
COMPUEFFECTRON® FROM 

ANALOG & DIGITAL SYSTEMS 
An improved version of the CompuEF- 

FECTRON microprocessor -controlled, 
real -time processor, the new Model CE- 
1700 adds a non -volatile memory and the 
capability of more than 100 user - 
programmable effects to the 128 pre-set 
programs currently available. 

According to Dick DeFrietas, who will 
become ADS VP for professional pro- 
ducts following the establishment of Del - 
taLab as a division of Analog & Digital 
Systems, the improved CompuEFFEC- 
TRON was developed in response to 
requests in the field for more program- 
mable flexibility in digital delay effects. 
"With the CE -1700 NVM, the operator 
can create his own effecs, call up the pre- 
sets when desired and sequences more 



than 100 programs in multiple sequences, 
recalling them via the front -panel touch 
controls or remotely with an external foot 
switch. For studio use, the user can over- 
ride the program mix for an `effects -only' 
output." 

A user can program new effects 
through a keypad, which are retained in 
the non -volatile memory until erased or 
re- programmed. The 128 pre -set pro- 
grams include "patches" for flanging, 
doubling, chorusing and echoing, as well 
as custom patches for more unusual 
effects. 

The unit features a quoted 20 kHz 
bandwidth at all delays up to 1.7 seconds, 
and a dynamic range of up to 90 dB with 
less than 0.2% distortion. Delay range is 
from 1 to 1,723 milliseconds, and modula- 
tion is greater than 100.1 with a speed 
ranging from 0.05 to 10 Hz. The sampling 
feature will record and store up to 1,700 
milliseconds, and either play it back or 
repeat it on command. 
ANALOG & DIGITAL SYSTEMS, 

INC. 
For additional information circle #169 

DX -1 SOUND SAMPLING SYSTEM 
FROM DECILLIONIX 

Designed as a digital sound sampling 
system for Apple Il series computers, the 
DX -1 allows any sound to be entered and 
played back ina variety of ways, including 
musically over at least a five- octave range. 
Software is provided for sequencing 
sounds under program control, or the 
DX -1 can be played "live" on the compu- 
ter keyboard in several modes. 

Menu formatted for ease of use, the 
software includes features for triggering 
and external synchronization to other 
electronic musical instruments and devi- 
ces. User -recorded sounds can be saved 
to diskette. 

The DX -1 system, which includes a 

PCB, software manual, connnecting cable, 
and other accessories, sells for $349. 

DECILLIONIX 
For additional information circle #170 

SYNCHRONOUS TECHNOLOGY 
UNVEILS VIDEO /AUDIO'MIDI 

CHASE -LOCK SYSTEM 
The new computer -based system inte- 

grates several Audio /Video /MI functions 
which, in the past, have been performed 

by separate components. Functions 
include chase -lock and 10 -point autoloca- 
tor for audio /audio or audio /video trans- 
ports; digital drum set /sequencer syn- 
chronizer; SMPTE timecode readers; 
timecode generator with house sync; and 
timecode derived metronome. 

keyboard recorders. When SMPL -Lock 
sends autolocate information to the tape 
transports, similar data is sent along the 
MIDI bus so that these instruments are 
"parked," waiting for the system to start 
them and keep them in sync with the tape 
transports at their new location. 

yr.s>SP 
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The looping mode and Automatic 
Punch In /Out are said to simplify over- 
dubbing and sound editing and assembly 
for film or video frame rates, and drop 
frame or non -drop formats. 

The device also allows MIDI control of 
digital drum sets, sequencers and digital 

Owners of the SMPL System can 
upgrade with the addition of the multi - 
machine interfacing panel. Total system 
cost is under $2,000. 
SYNCHRONOUS TECHNOLOGIES 

For additional information circle #171 

Finally ! A replacement for the 

legendary Sony TO 5M ... the 

MARANTZ 
PMD 430 

PORTABLE 3 -HEAD CASSETTE DECK 
with Dolby BTM, and dbxTM noise reduction 

Other Outstanding Features 

Pitch Control + 6 °% 

3- Position Tape Selector 
(metal, Cr02, normal) 
3- Position Mic Attenuator 
( -0. -15, -30dB) 
Bias Fine Adjustment 
Auto Shut Off 
Memory Rewind 
Auto Replay 
Limiter 
Illuminated VU Meters 
3 -Digit Tape Counter 
Impact Resistant Lexan" Case 
4 -Way Power Supply: 120VAC. 4.5VDC. 
3 '0' Cells. Optional Rechargeable 
RB430 Battery Pack 
Built -in Speaker 
Headphone Output Jack 399.90 

At the Stereo Department of either of our locations. 
or send cashiers check or money order (California residents add $25.99 

sales tax) for freight collect delivery. to: 

ADRAYS 
5575 Wilshire Boulevard 
Los Angeles, CA 90036 

(213) 936 -5118 

6609 Van Nuys Boulevard 
Van Nuys, CA 91405 

(818) 908 -1500 
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Before You Buy Digital 
L I S T E N 

TC -2 -DELAY PROCESSOR -STUDIO OR STAGE - 
Clean natural sound Over 2 Lull seconds 

delay Full 161(nZ bandwidth 
Simultaneous positive and negative flanging 
Pitch controlled hanging and chorusing 
Triple tracking through use of second delay output 
Independent control of initial echo and repeat delay 
times 
Reap time display of delay times in all modes 

TC- 3- PRE.REVERB DIGITAL PROCESSOR - 
Studio enhancement of mechanical reverb or stand alone 

studio quality digital delay 
Selectable delay times in one millisecond increments 
up to 260 milliseconds 
20KhZ band width 
9006 dynamic range 
Built in mixing and regeneration controls 

TC -4- BROADCAST DELAY PROCESSOR - 
Slateol - the -art advancement in profanity delays 

6 8 seconds delay time 
15KhZ bandwidth 
85Db dynamic range 
Optional delay build out card allows last memory dump 
as well as delay time build -out to allow starling in 

near real time 

TC -S- INDUSTRIAL PROCESSOR - 
first delay intended tor permanent installation that features - 

20KhZ bandwidth 
Up to one second delay time 
Expandability tor more outputs 
90Db dynamic range 

cAU- 800 423 -1082 
CosiiOualily /Perlpmance 

O 
1000 S Bertelsen Rd. 

Suite 4 
Eugene. Oregon 91402 

THE BEST SPECS 
COST LESS. 

\, 

Frequency response: 20 Hz to 20 kHz 
±.5dB 

.5mv to 6 volt RMS capacity without 
clipping or distortion 

.05çÆ THI) 
Whirlwind TRSP -1 transformer Ibr signal 
isolation and splitting with uniform response 
(single secondary). 

Whirlwind TRSP -2 transformer kw signal 
isolation and splitting with uniform response 
(dual secondary). 

Whirlwind TRHI., M transformer for Hi to 
1.0 signal conversions and signal isolation. 

The best specs in the business... for half 
the price. From The Interface Specialists 

whirlwind 
THE INTERFACE SPECIALISTS 

Whirlwind Music, Inc., PO. Box 1075 
Rochester, New York 14603 (716) 663 -8820 
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'New 'Products 
MARSHALL ELECTRONIC 
ANNOUNCES AMBIENCE 

EFFECTS SYSTEM 
The new AES -357 is said to utilize new 

technology to make possible true room 
simulation, ambience generation, stereo 
field generation, and related effects. The 
unit has a large display which shows the 
parameters for the 1,000 rooms and 
ambient environments that it is capable of 
generating, combined with two multi- 
function, high -resolution bar displays. 
The unit is claimed to exhibit a true 20 
kHz frequency response, with resolution 
exceeding 16 bits. 

The unit's processing technology was 
developed to overcome an important lim- 
itation of conventional digital systems, the 
company says. Other systems must time 
share a D -to -A converter for all output 
taps, severely limiting any specialized 
processing on any one tap. In the AES- 
357, each tap is converted to audio with its 
own circuitry; allowing specialized pro- 
cessing to be dedicated to each one. This 
facility is said to allow unprecedented 
control over frequency response, fre- 
quency curves, panning, amplitude and 
transient power responses. Further, rela- 
tive and absolute phase relationships of 
each of these outputs is controlled to a 
resolution exceeding anything previously 
possible. 

Still another new applied concept is the 
selection of a fully processed, amplitude, 
phase and frequency tailored output 
matrix being re- injected into another 
matrix not at one point, but at several 
chosen points simultaneously. This capa- 
bility is said to allow generation of the 
smoother, softer reflections experienced 
in actual rooms. 

The device also can be used alone for 
ambience generation, room simulation, 
stereo imaging manipulation and stereo 
synthesis; or in a special mode that will 
add room simulation to a current digital 
reverb unit. 

MARSHALL ELECTRONIC 
For additional information circle #175 

ART UNVEILS 
DR2 DIGITAL REVERB 

The new unit features three user 
presets along with front -panel KILL that 
mutes the reverb output; three room cho- 
ices, a plate, a medium -size room and a 
large hall; four pre -delay settings of 0, 25, 
50 and 75 milliseconds; three high- 

frequency damping settings; three set- 
tings of room position (this acts like the 
blend on the Model Ola, controlling the 
mix between early reflections and later 
reverberation); and six settings of decay 
time per room. (Decay time may vary 
from 0.1 8 seconds, depending on the 

room and RT60 setting.) 
In addition to the balanced mono input 

and stereo output facilities (as in the Ola), 
the DR2 also has a mono mixed output 
with a front -panel reverb level control, 
which allows it to be used in -line where 
normal reverb send/return adjustments 
are not available. The DR2 also has a level 
switch to allow signal level matching at 
lower levels. A dry kill switch is provided 
for the mono output, to allow external 
mixing to be used with the mono output. 

Suggested retail price of the DR2 Dig- 
ital Reverberation System is $1,095. 

APPLIED RESEARCH & 
TECHNOLOGY INC. 

For additional information circle #176 

OBERHEIM ANNOUNCES "STRETCH' 
FOR DX DRUM MACHINE 

The new add -on provides space for four 
rows of three drum voices each, which 
can be selected from the existing catalog 
of DX voices. The Stretch also features a 
MIDI Out port, to allow increased inter- 
face possibilities. Other features 
includes Punch In /Punch Out, Cue 
Tempo, Record Countdown, Drum Out- 
put Enable /Disable, Programmed Click, 
and Selective Loading of Songs and 
Sequences via an improved cassette 
interface. 

OBERHEIM ELECTRONICS 
For additional information circle #177 

TANNOY NFM8 
CLOSE -FIELD MONITOR 

The NFM8 is a ducted -port system 
employing an all -new eight -inch, dual - 
concentric driver. The unit consists of a 
polyolefin copolymer LF unit and a 
nitrogen -blown one -inch HF dome 
coupled to a compression horn lens. The 
HF unit is further cooled by ferro fluid for 
high power reliability. The concentrically 
mounted diaphragms are precisely phase - 
aligned by Sync Source, which ensures 
total phase coherency at all angles. 

The cabinet is constructed from MDF, 
the same high -impact material used in the 
company's live- performance systems. 
MDF was chosen to ensure a solid enclo- 
sure to prevent any interference with the 
low- frequency response. The enclosures 
are finished in a suede black epoxy; in 
addition, two sides of each cabinet 
employ acoustic isolation pads that pro- 
vide a non -slip finish to all console sur- 
faces while in the horizontal or vertical 
position. The pads also isolate the moni- 
tor from the console in order to eliminate 
all buzzing or rattling. 
TANNOY NORTH AMERICA, INC. 

For additional information circle #178 

AUDIO PRECISION UNVEILS 
SYSTEM ONE 

AUDIO TEST EQUIPMENT 
The new computerized System One is 

said to perform tests three to 10 times 
faster than the fastest equipment pre- 
viously available. Nearly all common 
audio tests are run automatically by 
simply selecting the test from a menu, 
results being graphed while the test is 
made. 



Comprising a computer interface card 
and software designed to run on an IBM 
PC or Compaq, the unit provides auto- 
mated or semi -automated frequency 
response, wow and flutter, distortion and 
SNR measurements. Residual noise is 
quoted at less than 1.5 microvolts, distor- 
tion less than 0.001%, level measurement 
accuracy 0.1 dB, generator output level 
26.6V open -circuit, ( +30 dBm into 600 
ohms), and 0.05 dB flatness. 

The modular system can be ordered in 
a large number of different configurations, 
and modules and options can be added 
later by the customer. Price of a typical 
configuration, including high -level bal- 
anced generator and measurement 
modules for level, frequency, noise, and 
harmonic distortion is $5,225. 

AUDIO PRECISION, INC. 
For additional information circle #179 

NEW SERIES OF SONY CASSETTE 
COPIERS FROM EDUCATIONAL 
ELECTRONICS CORPORATION 
The Models CCP -110 and -112 are one - 

to -one and two -slave add-on versions, 
respectively, and duplicate audio cassettes 
at 16 times normal speed; they record 
both sides of a C -60 monaural cassette in 
approximately two minutes. 

Features include the Sony -developed 
brushless and slotless (BSL) motors for 
capstan drive, channel -select, audio end 
and short tape indicator, auto rewind, and 
built -in erase head. As with all other Sony 
copiers, the units carry an industry- 

exclusive two -year head wear warranty. 
EDUCATIONAL ELECTRONICS CORP. 

For additional information circle #180 

URSA MAJOR MSP -126 
DIGITAL STEREO PROCESSOR 
The MSP -126 perfoms a multitude of 

stereo processing functions, including 
stereo synthesis from monaural sources, 
precise image manipulation, ambience 
simulation, plus individual and cluster 
repeats. Applications include music 
recording, film and video soundtrack 
production, electronic music synthesis, 
and broadcasters that need to produce 
high -quality stereo source material. By 
utilizing PCM technology, the MSP -126 is 
said to deliver uncolored response over a 
20 kHz bandwidth. 

Pan pot, which places the apparent loca- 
tion of a source anywhere in the stereo 
field using time delay; position and overall 
image width are adjustable. 

Binaural manipulation, which is similar 
to pan pot, but in the binaural mode for 
headphone applications, and adds front - 
to -back depth to the image via digital 
"reflections." 

Room generates the early reflections of 
a room or concert hall, with adjustable 
delay and dry /wet mix. 

Delay cluster generates a cluster of sig- 
nal repeats, with adjustable pre -delay and 
mix. 

Repeats generates from two to 10 
equally spaced repeats, alternating 
between channels, with adjustable overall 
length, and rising or falling gain. 

The unit contains eight pre -programmed 
modes, each of which can be adjusted 
with two 16- position controls. The eight 
modes are as follows: 

Multi -tap stereo processing, which 
creates a streo image from a mono source 
with flat response and complete mono 
(left, right, and left -plus- right) compatibil- 
ity, adjustable from mono to full -width. 

Comb filter stereo processing, which 
creates stereo using comb filters, with left - 
plus -right compatibility, adjustable from 
mono to full width. 

SMPLTM SMPTE Synchronization 

Scale provides a stereo comb filter 
whose "teeth" are at precise musical 
intervals, adjustable up a chromatic scale 
from unison to an octave plus a minor 
third. 

Because the MSP -126 is totally soft- 
ware driven, new programs can be deve- 
loped for it at any time. 

Pro -user price for the MSP -126 Multi - 
Tap Stereo Processor is $2,500. 

URSA MAJOR, INC. 
For additional information circle a181 

$2,000 

Integral SMPTE generator 
and reader 

Dual machine auto locate 
and record control 

MIDI port, metronome and 
pulse slave to SMPTE code 

Slave capstan may be DC 
or frequency servo control 

Cables for many popular 
machines available 

sasrwaeorr SYNC . TAPE TRANSPORTS 

yy 
pR 

sulk eus * 
tMy 

, 

Ull1 ri .A 
xMnE 

SvNeolPICNIZSIR 

EII 

MOM 
wupTE 

41111111111.111111) 

Lock 
aaIIIIaMawe.ic.kko+rd.oa.wQ.Q 

Call AEA, the synchronizer specialists for your audio post production needs. 

(213) 684-4461 

or 
(818) 798-9127 

contact: 
1029 N. Allen Ave. 

audio engineering oiroclotei Pasadena, CA 91104 
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GT-4 
NOISE 
GATE 
Low price and high 
performance is an 
unbeatable combi- 
nation. At $425.00, 
the GT -4 is one of 
the lowest priced, 
per channel, gates 
available. Discover 
what thousands 
already know. The 
GT -4 works better 
than any gate at 
any price. 

For complete 
details, call or write: 

1111 
ONMI CRAFT 

Preston Wakeland 
OMNI CRAFT, INC. 
e 4 Box 40 Lockport IL 60441 

(815) 838 -1285 

Classifies 
- RATES $82 Per Column Inch (21/4" x 11 - 

One -inch minimum, payable in advance. Four inches 
maximum. Space over four inches will be charged 

for at regular display advertising rates. 

EQUIPMENT for SALE 

FOR SALE 
Sound Workshop Series 30; ARMS automa- 
tion with Super- Group. Custom redwood 
console w/ prod. desk. Full 336 pt. "verti- 
cal" TT patch bay. 28 I /Os. IMMACULATE 
CONDITION! $15 K. 

(209) 431 -5275. 

FOR SALE 
2 Audicon Plates: $3K ea. $5K pr. 
1 Lexicon 224 Dig. Rev. Version 4.2 $6K 
1 Sony BVU 200A $4K 
2 White EQ 1 /3 -oct. #4001 $1K pr. 
2 White E0 1/6-oct. #4303 $1.5K pr. 
CONTACT: Marty Newman at (212) 687 -4180 

The Department of Music Pro- 
duction and Engineering is now 
accepting applications for two 
positions in its department. 

MUSIC PRODUCTION: Applicants 
must have professional experience 
in music production (film, TV, 
records, jingles, etc.) and the music 
business. Appropriate degrees or 
equivalent professional training 
required. Previous teaching ex- 
perience is desirable but not re- 
quired. Teaching responsibilities 
will include production courses in 
records, TV, film, jingles, etc. Salary 
and rank commensurate with 
qualifications. 

RECORDING ENGINEER: Appli- 
cants must have extensive pro - 
fessional experience in the re- 
cording industry (film, records, 
Tv', etc.), must be active 
recording engineers having 
recorded various musical 
sty les and combinations 
(vocal, solo, orchestra, 

etc.) Appropriate degrees, theore- 
tical background or equivalent 
professional training required. 
Previous teaching experience is 
highly desirable. Teaching respon- 
sibilities will include courses in 
mix, multitrack recording, etc. 
Salary and rank commensurate 
with qualifications. 
Berklee College of Music is a private 
four -year institution with an edu- 
cational mission of practical career 
preparation in the various contem- 
porary styles of today's professional 
music world. The 200 or more inter- 
nationally respected faculty work 
with 2,500 students from over 75 
countries and the U.S. 

Please send resume, letters of 
reference, and supportive back- 
ground materials to: 
The MP &E Search Committee 

Office of the Dean of Faculty 
Berklee College of Music 

ts, Dept. REP 
1140 Boylston Street 
Boston, MA 02215 

.. 
Berklee College of Music 

An Equal Opportunity Employer. 
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EQUIPMENT FOR SALE 
10 brand -new JBL 2365 60- degree by 40- 
degree Constant Directivity Horns Never 
used. 1 /3 off list price. For information call 
Dana Yuricich or John Ruck at Showscan 
Film Corp., Marina Del Rey, Ca. 

(213) 827 -7541. 

FOR SALE 
AMPEX AIR 102 w /VSO S6.000: UREI 811's 
S1.400 /pair: 30 channels Roland VCAs: 
make offer: Altec 729 Dual 1/3- octave EQ; 
Ampex /GRT 1/2-inch bin loop cassette dupli- 
cator, four slaves, all new heads: $15.000: 4 

RE -20s: $175 /each. Call David or Roger: 
(415) 328 -8338 

FOR SALE 

Gotham Audio Corp. is disposing of used & 

demonstrator equipment. Neumann tube 
mike systems. fully reconditioned and guar- 
anteed: Telefunken M15A 24/32 -track and 
'.4 -inch master recorders; VMS -80 disk 
mastering lathe: Telcom c4D cards: and 
Danner faders. Call for equipment list 
today: Contact Russ Hamm (212) 741 -7411, 
10 -5 EST. 

EQUIPMENT FOR SALE 
NEOTEK SERIES Ill: 28x24 with 16 busses, 
six echo returns, custom "pre- return" 
submaster fader, extra patch bay, produc- 
er's desk, leg set, patch cords, spare parts, 
exc. cond. Also: White 32 -band EQs, $550 
ea. (312) 864 -4460. 

FOR SALE 
Model 4 -trk MCI JH -110, Ruslang cabinet, 
two Scully 280 2 -trk, Ruslang cabinets, 
TEAC Model 5 console, Ampex 351 mono 
w /autotech C -7 electronics, Sound Work- 
shop Series 3016 x 8 console. Make offers. 

Soundhound, Inc. 
45 W. 45th St. New York, NY 10036. 

(212) 575- 8664. 

ABSOLUTE PHASE? 
It's possible now with the SCV absolute 
phase checker! Available for only $299, 
with case. Exclusively from: 

414 N. Sparks St. 
Burbank, CA 91506 

Dealer and rep inquiries welcome. 

For additional information circle #184 



XT -24's FOR SALE 
AUDIO KINETICS has a limited number of 
XT -24's available. Machine interfaces are 

i for 3M M79 and Ampex MM1200. Price is 
$1,500. Phone (800) 423 -3666, or (818) 980 - 
5717. 

FREE 32pg Catalog & 50 Audio Video Applic. ale own uÿ 
owos. c.o 

CX 

ose 

M1 
lo TV Audio $ Recd Prod Consoles 

®OPAMV LABS INC (213) 934 -3566 
1033 N Sycamore Av LOS ANGELES CA. 90038 

For additional information circle #185 

BUSINESS OPPORTUNITY 

BUSINESS OPPORTUNITIES 
Retiring: Small, complete record manufac- 
turing plant for sale: label and jacket print- 
ing, pressing, matrix and mastering. Write 
to: R -e /p, Box LP. P.O. Box 2449, Holly- 
wood, CA 90078. 

STUDIO for SALE 

STUDIO FOR SALE 
Tulsa "LANDMARK" Studio. 24 -track 
capacity, MCI recording equip., 60' o 40' 
recording floor, isolation booths, ideal for 
video, excellent mixing room, all in 10,000 
sq. ft. bldg. Lots of offices for extra income. 
$275,000. Serious buyers only: 

(918) 587 -1515. 

MISCELLANEOUS 

NEW YORK 

sca-ff NASHVILLE 

"The Audio Rental People" 
DIGITAL RECORDERS CONSOLES 

TIMECODE WIRELESS MIKES 
SYNTHESIZERS EFFECTS 

1619 Broadway, NY NY (212) 582 -7360 

s alhnn,. kit ISii ,r 
o 

tipun/.% 
.ICI C, .runJ ctIcci. 
gnnypcd h ri1Cg,,n ajC P 
t nder 41 .cni, u ,ui \ , 
Get tour free demo o/' e 
\\lr.c rF\, '_i' cüraid S. - 
\linneapoln. \1\ 554(5 

PRODUCTION EFIE LIBRARY 
For additional information circle #186 

please mention ... 
YOU SAW IT IN R -E /P 

RAWLSTON RECORDING STUDIO 
BROOKLYN'S NEWEST AND BEST RECORDING COMPLEX 

FEATURING 64 -INPUT NEVE B06B CUSTOM 
CONSOLE STUDER A BO MULT A810 nTK 

UREI 813Bs CROWN P5A 2s CROWN 
150s EMT 140 2 LIVE ECHO ROOMS 
LEXICON PRIME TIME II EVENTIDE DIGITAL 
PROCESSOR DBX. NEVE. UREI COMPRES- 
SORS API. UREI. PULTEC EQUALIZERS 
NEUMANN TUBES. ELECTRO VOICE, AKG, 
SENNHEISER, SHURE MICROPHONES YAM- 
AHA C7 GRAND PF15 ELECTRONIC PIANO 
FENDER RHODES YAMAHA CUSTOM REC- 
ORDING DRUMS DX7, MINI MOOG, OB8 
SYNTHESIZ -ERS LINN. DMX DRUM MACH- 
INES SVT BASS AMP ROLAND JAZZ CHO 
RUS GUITAR AMP SIMMONS SDS7 
YAMAHA N510 AURATONES MSD900 
EMULATOR 

1271 FULTONSTREET,BROOKLYN,N.Y.11216 (212)622-0010,622-0216 

- The R -e /p Library - 
The following books are available from R -e /p. To order any titles listed 
here, simply check the appropriate box to the left. complete the coupon 
provided, and send this page (or photocopy), with the correct amo.Jnt in 
U.S. currency to the address below. Allow six weeks for delivery. 

Handbook of Multichannel Recording 
by F. Alton Everest S11.50 

Master Handbook of Acoustics 
by F. Alton Everest $15.00 

How to build a Small Budget Recording Studio 
by F. Alton Everest $13.50 

The Platinum Rainbow 
by James Riordan and Bob Monaco $11.50 

The Musician's Guide to Independent Record Production 
by Will Connelly $9.50 

Sound Recording 
by John Eargle $26.50 

How to Make and Sell Your Own Record 
by Diane Rappaport $14.50 

Microphones, 2nd Edition 
by Martin Clifford $11.75 

Practical Techniques for the Recording Engineer 
by Sherman Keene $31.25 

The Microphone Handbook 
by John Eargle $33.50 

The Recording Studio Handbook 
by John Woram $41.00 

Building a Recording Studio 
by Jeff Cooper ;31.50 

Acoustic Techniques for the Home and Studio 
by F. Alton Everest $17.00 

Modern Recording Techniques 
by Robert Runstein $16.45 

Film Sound Today 
by Larry Blake 110.00 

Name: 

Address: City: 

State Zip: 

Total Amount Enclosed $ 

All prices include postage for mailing in the United States 
For all orders outside the U.S., including Canada and Mexico, 

please add $5.00 per book for postage. 

Mail completed coupon to: 
R -e /p Library, P.O. Box 2449, Hollywood, CA 90078. 
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RECORDING I N S T I T U T E S 

Eastman School of Music 
of the University of Rochester 

Analog /Digital Professional 
Facilities 
Basic Recording Techniques 
June 24 - August 3 

Advanced Recording Techniques 
July 15 - August 3 

instruction by leading audio engineer- 
ing professionals in: basic electronics 
applied to audio digital technology; 
acoustics; microphones; tape and 
disc recording; studio, remote and 
classical recording; signal process- 
ing; maintenance; etc. 

Labs, recording sessions, mixdowns. 
Credit and non -credit. 

Coordinator: Ros Ritchie, director of 
Eastman Recording Services 

For further information and applica- 
tions write: Summer Session, Dept. L. 
Eastman School of Music. 26 Gibbs 
St., Rochester, N.Y. 14604 

Eastman School of Music of the University of 
Rochester provides equal opportunity. 

HUSHED! 
MODEL 300 

COMPRESSOR 
LIMITER 

HUSH II 

smooth 

quiet 

LOGARITHMIC 
COMPRESSION 

BUILT-IN HUSH Il 
NOISE REDUCTION 

AMAZING PRICE 
,Patent Pending) 

ONLY FROM .. . 

cxrRon 
rlocxrron CORD 
2146 Avon Industnol Arve 
Auburn 11egnts. Mrchgon 48057 
(313) 853-3055 
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News 
- continued from page 36 . . . 

multitrack because of the "unique" 
sound texture offered by analog. 

Gatica estimates that a total of 
approximately 115 tracks were recorded 
during the project, and that prior to the 
final mix he had 62 simultaneous digital 
tracks on the pair of X -800s, leaving two 
open tracks for the final mix. 

A video shot at the A &M vocal session 
is scheduled to be premiered at the 
forthcoming Grammy Awards. The 
single, "We Are The World," is sche- 
duled for imminent release; a benefit 
album containing various songs 
donated by the artists involved is also 
currently under consideration. 

FIRST COMPUSONICS 
DIGITAL SYSTEM INSTALLED 

AT VITELLO AND ASSOCIATES 
Utilizing computer technology to dig- 

itize and manipulate audio information, 
the new recording and playback system 
enables up to 30 minutes of stereo mate- 
rial (or 60 minutes of mono) to be 
sampled at a 50 kHz sampling fre- 
quency, and stored on a 140 Mbyte hard 
disk. According to company president 
Paul Vitello, the DSP -2000 currently is 
being used at his North Hollywood facil- 
ity to produce stereo sound effects for 
125 episodes of Voltron, a new animated 
television series that will feature a ste- 
reo soundtrack. 

Digitized and stored sound effects can 
be edited by the system, and replayed 
against a SMPTE timecode tracks to an 
accuracy of 33 milliseconds (1/30 frame); 
future enhancements will provide syn- 
chronization accuracy to the data -block 
level of 1 /13th of a frame, a capability 
considered essential for dialog editing. 
Also under development is a complete 

digital editing and mixing system for 
video and film soundtrack post pro- 
duction. 

Further details from: Vitello and 
Associates, (818) 505 -0061. 

"PRO -AUDIO UPDATE" WEEKLY 
ELECTRONIC NEWSLETTER 

NOW AVAILABLE ON IMC 
R -e /p is now providing a weekly elec- 

tronic newsletter on the IMC EMail 
Service, titled "Pro -Audio Update." 
Compiled by editor Mel Lambert, the 
new service can be accessed from any 
IMC command -level prompt by typing 
"REP." 

Currently, the newsletter comprises 
five regular categories: Latest News 
Items; Equipment Deliveries; People on 
the Move; Convention /Exhibition 
Schedule; and Coming in the Next 
Issue. Additional pages are added as 
necessary; recently the service was 
augmented with exclusive details of the 
Quad- Eight /Westrex business disrup- 
tion, full details of which can be found 
elsewhere in these News pages. 

For further information about the 
IMC EMAIL Service, contact Interna- 
tional Management Communications 
at (212) 757 -0347, or (213) 937 -0347. To be 
included in future editions of "Pro - 
Audio Update" message IMC822 /REP- 
US. 

OTARI ORGANIZES 
MTR TECHNICAL PROGRAM 
The week -long MTR User Training 

Technical Program will be held at the 
Howard Johnson Resort Lodge, North 
Hollywood, CA, March 3 thru 9. The 
seminar program comprises three days 
devoted to the MTR -90 Series I and II 
multitracks; and two days covering the 
MTR -10/12 two- and four -tracks. 

More details from Barry Ross at Otari 
Corporation: (415) 592 -8311. 

The new Compusonics DSP -2000 digital system at Vitello and Assoc. (L to R) 
chief engineer Gary Simpson, Compusonics' John Stoutner, and Paul Vitello. 



NEW ANALOG TAPE MACHINE 
SERIES FROM SONY 

The company will unveil a new gen- 
eration of MCI analog tape machines at 
the forthcoming AES Convention, 
Hamburg. The APR -5000 Series is based 
on the same transport featured in the 
PCM -3102 DASH- format digital two - 
track, and is available in mono /full- 
track formats (APR -5001), plus stereo 
two -track with and without center - 
channel timecode (APR -5002 and -5003, 
respectively); half -inch two -track 
headblocks and guides also will be 
available. 

WIN 

Separate 16 -bit and 8 -bit micropro- 
cesssors handle tape transport logic and 
control, plus communications with 
external synchronizers and editing sys- 
tems. Built -in, non -volatile memory can 
be used to store a variety of tape -type 
and EQ settings, and allows various 
function controls to be re- assigned 
under softkey designations. The trans- 
port features a ceramic capstan, con- 
stant tension, a built -in SMPTE time - 
code reader, and will accommodate 
12 -inch reels. 

NEW AUDIO TEST EQUIPMENT 
COMPANY FORMED 

Audio Precision, Inc., was formed 
recently in Beaverton, Oregon, by four 
former Tektronix engineers and man- 
agers, Bob Metzler, Dr. Richard Cabot, 
Bruce Hofer, and Bob Wright. While not 
yet ready to disclose full details of its 
first product, the company says that 
their first offering will provide "signifi- 
cant advancements in ease of use, mea- 
surement speed, performance levels, 
and cost -effectiveness over anything 
presently available." 

By focusing purely on pro -audio 
markets, and using the latest high tech- 
nology tools and concepts, the company 

expects to offer instruments of direct 
practical relevance to the recording and 
production industries. 

AUDIOFORCE NOW RENTING 
MITSUBISHI X -800 

DIGITAL MULTITRACK 
The recent acquisition by Audioforce, 

Inc., New York, brings to three the 
number of rental agencies offering Mit- 
subishi X-800 recording systems; also 
included are Audio Affects, Los Angeles, 
and Nashville's Digital Associates. 

"We always buy the equipment that 
people ask for, and they ask for digital 
all the time," says Sid Zimet, Audioforce 
president. When not booked on sessions, 
the X -800 will be housed at New York's 
Clinton Studios, which also owns a Mit- 
subishi multitrack. 

The new X -800 was first installed at 
Chicago's Audio Media Studios in late 
December, with Zimet supervising the 
delivery and instructing the client in the 
machine's operation. "And that took 
less than an hour, which is a remarka- 
ble thing about digital - it's easy to use. 
To say it's reliable is frankly an under- 
statement," he adds. "We've rented out 
the Mitsubishi X -80 two -track for over 
four years, and now have three of them 
in service. My experience is that with a 
few minutes of simple instruction, 
they're all set - I never get a call until 
the project's finished. In the equipment 
rental hilliness I couldn't ask for more." 

With an introductory rate that 

- Classic Audio Consoles -. 
Trident A Range VG 40/24/241ex Chateau. L.A. 
Trident ISM VG 40/24/401ex Vineyard. U.K.I 
Neve 8078 A II Mint 40/24/32 lex. EMI. Aust.l 
Neve 8038 VG 36/16/24 1074 EQ Foira 
Neve 8108 Ex 48/48/48 Necam I 

Neve 8048 VG 30/16/24 1081 EQ IPolygon. France' 
Neve 8108 VG 56/48/56 lee. Abbey Road. London' 
API Automix VG 40/28/16/24 Auto 'Studio 70. Munich' 
MCI 542C LM Ex 42/32/42 Auto 
MCI 528 B LM Mint 28/32/28 Auto 
MCI 636 VU Ex 28/24/28 Auto. 28 perm 
SSL 4000E Ex 40/32/40 Auto no recall'Richtarm. U.K.I 
Harrison MR-2 Ex 48/32/48 Auto 
Auditronics 501 G 18/16/18 18 mon 8 press add .I 
Quad Eight Coronado 36/24/36 Auto discrete 
Soundcralt IIIB 32/24/24 4 Band EQ. TX less 

-Tape rransporls- 
MCI JH 24/24T 161 Loc III 
MCI JH 16/241 Loc III 
MCI JH 114/241 Loc 111 

Ampex AIR 104 
Ampex AIR 102 
Telelunken MI 5A 32/24T 
MCI JH 1108 21 
MCI JH 1108 4T 
Studer A80 VU III 
Ampex MM 1200 New Head 24T 161 

- Unique Processing Gear 
Eventide 949 Harmonizer 
Param E0 40 Channel programmable 
Necam II 40 Channel retrofit Neve. Trident. API 
Neve EQ 4 Band 1095 
Neve EQ 3 Band 1064. 1073 EC 

EMT 140 ST ITubel Stereo 
EMT 250 
EMT 251 
Lexicon 224 XL 
Teletronics LA -2a 
Quad Eight System 5 Digital Reverb 115k bandwidth' 
Aphex 6028 Exciter 
Dolby M24H 
Eventide 1745M pitch control 

Variety of tube Mikes available NOW!! 

Call for information on other pieces 
not listed in ad. or to list 

your used equipment for sale by 
Ocean Audio Call (213) 454 -6043: 

Telex 316706 (Ocean Audio) 

For additional information circle rí190 
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THE 

WORLD 
FAMOUS 

PIANO 
BAG 

Made only by A.A.C. 

For more information 
call Gary at 

(818) 506 -7490 

ALPHA ACOUSTIC CONTROL, LTD. 

Get 
gack: 

J 

vex 

Try. the refined classic VOX AC 30 

A all tube amp and the 

Class , 

new VOX 
solid state 

Aid get back to 

where you belong. 

i1 
Distributed exclus vely in tie USA by Primo. 
Inc., 50 Brigham Street, Marlboro, MA 01752. 
(617) 480-0300. For new VOX color data 
sheets send $2.00, Attn: V -1. 

1984 PRIrvO, INC. 
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News 
includes the free use of an X-80 two - 
track, Zimet expects to keep the system 
busy on extended projects much of the 
time. Housing the deck at Clinton Stu- 
dios should help, he offers. 

"We couldn't be more pleased with the 
arrangement," explains Clinton presi- 
dent, Bruce Merley. "We've had a great 
deal of interest in 64 -track ability from 
our commercial clients. With two Mit- 
subishi X -800s here we can offer greatly 
enhanced digital service." 

UNIVERSITY OF LOWELL 
ADDS RECORDING COURSE 
The university's College of Music has 

introduced a Minor in Sound Recording 
Technology for Electrical Engineering 
Majors, to complement the complete 
revision and upgrading of its recording 
degree, the Bachelor of Music: Empha- 
sis in Sound Recording Technology. The 
revised curriculum for primary study in 
SRT includes intensive work in musi- 
cianship; sound recording technology 
with hands -on production experience; 
video production; electrical engineer 
ing; acoustics; physics; mathematics; 

THIS ISSUE OF R -E /P IS SPONSORED BY THE FOLLOWING LIST OF ADVERTISERS 
A &R Record Manufacturing Co 125 Jensen Tranformers 189 
AXE 177 JRF Co. 174 
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Allen & Heath Brenell 71 LT Sound 17 
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and directed general education. The 
BM: SRT degree is said to prepare stu- 
dents for entry -level positions in all dis- 
ciplines of the recording industry 
requiring musical abilities and critical 
listening. 

The new Minor in SRT emphasizes 
repair and maintenance techniques; 
equipment functions and operation; 
aural perception of equipment func- 
tions; and research and development. 

Full details from: College of Music, 
University of Lowell, Lowell, MA 01854. 
(617) 452 -5000. 

SMPTE OFFERING 
STEREO TELEVISION SEMINAR 

"Stereo for Television -A Whole Dif- 
ferent Ball Game," a one -day seminar 
focusing on stereo parameters for pro- 
duction in film and tape, jointly spon- 
sored under the auspices of the School of 
Cinema -Television, University of 
Southern California, and the Society of 
Motion Picture and Television Engi- 
neers is scheduled to take place at the 
USC campus on Saturday, May 11. 

The one -day seminar will include pro- 
duction and post -production considera- 
tions for film and tape, and a technical 
overview of system requirements. 
Seminar sessions, conducted by experts 
in their field, will also explore aspects of 
stereo perception, dynamic range, pres- 
entation environment, etc., as well as 
how to convert existing Music Videos 
and theatrical programs for Stereo 
Television. 

Enrollment fee for the seminar is $45 
(including luncheon); to register call 
(213) 743-7469. 

STOP PRESS: QUAD EIGHT/ 
WESTREX BUSINESS DISRUP- 
TION; BTX CORPORATION TAKE- 

OVER BY CYPHER DIGITAL 
At press time, the following statement 

was received from Cam Davis, president 
of Quad Eight /Westrex, regarding the 
current status of the company's busi- 
ness disruption: 

"Quad Eight /Westrex has temporar- 
ily shut down its United States manu- 
facturing operations while discussions 
regarding its possible acquisition are 
pending. It is anticipated that U.S. 
manufacturing operations will resume 
next week. Operations in the UK con- 
tinue as normal." 

The company would neither confirm 
nor deny rumors that current overtures 
are being made by Mitsubishi for the 
purchase of Quad Eight /Westrex. As a 
result of the failure of another recent 
acquisition attempt, Davis says, the 
company is "experiencing difficulties 
with its primary lending institution." 

On Monday, February 11, the BTX 
Corporation was acquired by Cypher 
Digital, manufacturer of a wide range of 
timecode products. The BTX product 
line, including timecode synchronizers 
and controllers, will be absorbed into 
the Cypher manufacturing capability, 
according to a company spokesman. 
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MASTER RECORDER A8O VU MKIV 

This is our newest multitrack. It is also the 
most affordable multitrack in Studer history. 

For the fourth time since its incep- 
tion. we've changed the ASOVU. We've 
improved the sonic performance. tape 
handling. and durability. And we've 
substantially lowered the price. 

Same outside. changes inside. In 

keeping With the Studer tradition. we 
made nu superfluous cosmetic 
changes. We're not going to tell you 
this is an "all new" recorder. It isn't. 
It is a proven. legendary recorder in- 
corporating several significant 
improvemt tits. 

Uh -oh. Something Is Missing. Yes. 

The transformers are gone. They've 
been replaced in the input and output 
stages With new high performance ac- 

tive balancing circuitry. Other MKIV 
iln:)rovelnents include a new master 
bias oscillator. extended record head- 
room. and a new record and bias driver 
compatible with all present and fu- 

ture high -bias requirements. Record 
electronics are now fully compatible 
with Dolby HX Pro' requirements. 

Smoother Shuttling. Hardier 
Heads. The MKIV's new tape tension 
control system provides smut )ther tape 

handling. while a new extended wear 
alloy fur record and play heads greatly 
increases head life. 

Never Lower. The list price of the 
A8OVU MKIV 24 -track is lower than 
any of its predecessors. And that's in 

straight dollar figures, without adjust- 
ing for inflation. What's more, the 
A8UV11 MKIV now has a list price lower 
Man most of its competition. 

No Hocus -Pocus. How could we 

stake the A8OVU MKIV better and lower 
the price at the same time' Simple. 
We make it in Switzerland. and you 
pay for it in dollars. The favorable ex- 
change rate does the trick. That means 
you get advanced electronics, Swiss 
precision. and low price. If you act 
now. This cant go on forever. 

Your Time Has Come. If you've 
always wanted a new Studer multi- 
track but thought you couldn't afford 
one. your time has finally come. Call 
today and find out why the A8OVU 

MKIV is one of the most advanced 
recorders available at any price. And 
then ask about our new lower prices. 
Be prepared for a pleasant surprise. 

For additional information circle #193 

For more information, call or 
write: Studer Revox America. 1425 Elm 
Hill Pike Nashville. TN 37210: (615) 
254 -5651. 
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Great performers have one thing in common. 

Mick Jagger, Pete Townshend, Tina Turner, Ronnie Milsap, Brian Wilson, 
Randy Owen- great performers know their legendary stature depends on the 
quality of their voices. That makes the purity of vocal reproduction critical. 
That makes rugged, reliable Shure mies essential. 

Shure mies have been the number one choice of top 
professionals for many years from the legendary SM58 
dynamic to Shure's newest trailblazer, the SM87 condenser. 

Whether you're on your way up. or you've already 
made it, don't trust your great performances to 
anything less than the best - 
Shure mies. sNVRE 
THE SOUND OF THE PROFESSIONAIS!..WORLDWIDE. 
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