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EXPANDING THE SYSTEM
Afftrate ,sampling

The 480L Sampling Memory 1:xparder.

i

phase-locked stereo:

a Lexicon applicatiu.1 brief

The 4801. Digital Effects wstetn delivers audio performance that surpasses
conventional digital recorders: true to
life sampling is a prime example Of its
advanced engineering. With Ihr optional Sampling Memory Expander. the
480L becomes an astonishingly practical way to copy or move several seconds of audio from point A t0 points 13
and C.
Until now. "flying in" or "slipping"
vocal and instrumental Overdubs meant
tradeoffs. 'Iwo- track tape is clumsy and
degrades the signal: I)I)I.s with long
memories are better. but not by much.
Now. with the 4801.s optional .Sampling
Memory Expander you can digitally recurd IO seconds of true phase- Iucked
stereo or 20 seconds Of mono at a 18
kHz sampling rate. 18 hit equivalent
A /I) conversion produces a typical dynamic range of 98 dB. with a bandwidth
of 20 20.000 I Iz: output doesn't gel
any closer to input.
If you're using a digital recorder
that. Si ny 1610 compatible. the Sau1pling Memory Expander and the 1801 :s
digital I/O interface can relnoduee the
original performance at any location on
tape without bran ing the digital domain.
Slip syncing. copying and time shifting
of audio segments is faster and cleaner
than ever before.
You control sample recording. editing. processing and triggering from your
work position using the 4801. I.AR(:.
Varying up to six parameters at once.
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Lexicon Inc..
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Reiner Street. Nitlrhamt.
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trim

heads and
tails. and set audio

trigger levels. Audio
trigger response time. incidentally. is under :31111 micro seconds
\ Irtually instantaneous.
Sampling \lemurs i \p.unhr enhancements include Record .rigger to trigger
sampling automatically From audio input. 'trims Variant Record. and sound on
sound digital eording in sync with
the original sample. Irxiron I)snamie
N111)1" lets you assign x111)1 controllers
to sampling parameters. for new dimensions Of real -lime or sequenced control.
Sc lnel lilies 1% (.11 the most arriiiate
Eel/lira i,n't rxacth tle;tl vniCte hulking
fur: if
Ilse 1801. will take \ n(1
beyond imitation into creative sampling. flay samples ;ester or slower
iv%ithnut changing the sampling rate).
(backwards or forwards. even both at
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once. The 1801.s
alive signal processing algorithms allow you to enhance
sounds with advanced reverbs
and effects without leaving the
digital domain. Add signal pro cessing as you satlI de. Or process a
`dry" sample on playback with digital
wet -dry !Hiving.
The 18111. digitally integrates sampling and signal processing because its
designed as a comprehensive audio production tool: a system. And sampling
is only the first nl many directions in
wllle'Ii this Digital Effects System can
grow. We're continually examining the
possibilities. and as your needs develop
well implement new tuuls to meet them.
Now is the time to call your Lexicon
Ad vam ed Products dealer for a demo
Of the new production techniques the
Sampling Memory Expander makes
possible.

NOTHING REFRESHES A MIX LIKE
A SIX PACK of MIDIVERB II 5
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Mixing is no picnic. Especially when yoL'rn in the
hot seat Consider the pressure. The fat gue. The
late nigl-1s. And all the agonizing over what
outboard to use on what tracks.
If you've ever sweated out a mix thi-s-ing for
more eftects, the Alesis MIDIVERB II is pire
refreshment. Whether it's the perfect room
simulatioi fcr the hi -hat, or the perfect chorus texture
for a las- minute synth overdub, MIDIVERB II delivers.
And, at an astonishing $269, it's no wonder pro
engineer are using multiple units to strenghten their
processing 'front line.'
With 16 bit linear PCM, 15K bandwidth, and tons
of musical character, MIDIVERB II is the #1 selling

signal processor in the business.*
That'll only surprise you if you've
never used it. Those who have used it
love The sound so much they cai't
resist buying several more. Wi1h 99
programs
50 reverbs, plus choruses,
flanges, delays, and innovative special
effects
Midiverb II redefines the
meaning of cost -effectiveness.
So after today's mix, you deserve
something refreshing.
Ask your Alesis dealer to break
open a sixpack of MIDIVERB II's. Your
next mix could be a picnic.

-

-

ALESus
STUDIO ELECTRONICS

LOS ANGE_ES: Alesis Corp. PO. Box 3908, Los Angeles, CA 90078

LONDON 6, Letchworth Business Center, Avenue One, Letchworth, Hertfordsh,e 9G6 HR

'Based on MCSic and Sound Retailer's monthly survey of 1,200 audio dealers

Circle (4) on Rapid Facts Card

CONTENTS
Tape Machines and Tape
Noise Modulation in Digital Audio
Devices or Who Wrapped the Mica
in Sandpaper?
Proper machine alignment can make
a significant difference in the sonic
quality of digital tape machines.
By Richard C. Cabot, P.E., Ph.D. 20
.

Shopping for a Used 2 -Inch Tape
Machine
recorder is one of the major expenses incurred when equipping
a studio. A check of new equipment
and prices might lead you to shop in
the used equipment market.
26
By Douglas Beard
A multitrack

Marketing:
New Business Development

Other Features
Engineer Interview: Bruce Swedien
winner's views on micing
techniques, analog vs. digital, near-field
monitoring and more.
36
By Bridget Balthrop Morton
A Grammy

Digital Mastering
At the premastering facility the correct
equipment, qualified engineers and in-

formed support personnel help complete your CD project quickly and
economically.
58
By Gene Shiueley

Design engineers have taken an established product and applied a new twist
that makes the operator/engineer's job
a little easier.
32
By Mark Calice

win

By Sarah Coleman and
Michael Fay

76

Departments
Guest Editorial
Being All Things to All People
By Wilber W. Caldwell

O

/12114241r.
12-0

1s.w

21 fr. ID 10.17

ir. O

/I-79

12-w2

30 U.

/S-.Ar

6
8-10

120

115.,m..o..
73S..i,.--,..

.m.a.

0

pPrt,2.1

00 00 00

500......0

.MR(25J

C

=

now...
61..n....r

J.

=

94.m...r

J

61..,m.ww

J.

250.ni......

J.

661

J

1000

J.

1500-,n.....u.

rlw1.4,

110/0

2000,..h.....

w u1

0/0

J
J

=

J.

_

121

J.

J.

.,m.oa

60

J

=

u0....e..

=

-m.w..

-........

10

.0000000
wrux9l x0000000
w.100p

00 00 00 00

soy r0).0

000000..)

Software Hands -On: Cue 2.0
Low -Print Mastering Tape
These tapes are designed to have very
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They say timing is everything. And to
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"$2500 Says

Find a

You Can't

Better Gate!"
Mar vin Caesa President

Aphex we have a problem with
the President. Marvin Caesar
wants everything the company
makes to be the "best." Marvin is not
an engineer, he is an audio zealot
who doesn't understand the word
"impossible."
When engineering approached him
with a design for a gate, he wasn't satisfied. He wanted the ultimate gate, an
expander/gate that was extremely fast,
perfectly click -free, loaded with features,
with traditional Aphex audio quality.
Impossible with available technology
they said. Marvin wasn't satisfied.
So, the engineers developed a new
VCA, the Aphex VCA 1001. Then they
created the Aphex 612 Expander/Gate.
Marvin was finally satisfied.
In fact, he is so confident that the
Aphex 612 is the world's best expander/
gate he is offering $2500 to the person
who finds a better one. If you think you
At

know of a commercially available
expander /gate that can begin to compete with the Aphex 612, write for full
details of this offer.
If you would rather spend your time
more usefully, contact your professional
audio dealer for a demo of the best!
Here are a few highlights of the
world's best expander/gate:
Attack time variable from less
than 2p.Sec (with no clicks!) to

-

100mSec
Ratio -variable from 1.2:1 to 30:1
Range
to 100dB
Bandwidth -5Hz to 100kHz,

-0

+0, -0.2áB
+ 20dBm- 0.006%
IMD (SMPTE) @ + 10dBm- 0.006%
THD @

Noise and hum -fully attenuated

-

94dBm
Servo - Balanced Transformerless
Inputs and Outputs
Can you beat that?

n

'1"-
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APHOC SYSTEMS LTD.
Aphex Systems Ltd. 13340 Saticoy Street North Hollywood. CA 91605
(818) 765 -2212 TWX 910- 321 -5762
Circle

(5) on Rapid

Facts Card

July 1988

Recording Engineer/Producer

3

GUEST EDITORIAL
By Wilber W. Caldwell

Being All Things
to All People

shouldn't matter. Now, we'll need to do
some Foley work and add a live announcer, too, and, oh yeah, here is another
with an alternate dialogue se1 -inch
quence:' There is a long silence. "Well, let's
mix;' he says cheerfully.
In some dreams the suitcase is even bigger and some nights -well, you get the
picture.

"It's

Iused

to have this recurring nightmare.
In my dream, an important new client
booked a big video post session in our studio. He had picture completed on 1 -inch
type C and wanted to "add the sound:'
The morning of the session the guy
shows up with the I -inch video under his
arm and a big suit case. He seems pretty
knowledgeable. As we thread up the tape,
we notice it has two tracks of location
dialogue, recorded back and forth between tracks 1 and 2. One track is dbxencoded; one is not. We sync up to a
24 -track and transfer both channels across,
decoding only one. No problem. So what's
next? The new client opens up the suitcase and begins a monologue that goes
something like this:
"I have some location sound here, and
I want to go back to the original components: He produces two'/4 -inch tapes from
the bag; one is stereo FM Nagra format
and one is the regular neopilot tone

only a dream;" you might say. Yes,
but as most psychiatrists will tell you,
dreams represent reality, and we can learn
from them. They are metaphors.
What can we learn from my nightmares?
First, let's discard any notion that the client
in this dream is screwed up. He is not. The
components are all of good quality, labeled in detail, and they all contain some
standard form of synchronous reference.
Second, we can learn the importance of
preproduction and information exchange,
especially at the time of the booking.
Third, and most important, we can learn
that technologies in the audio for video
field are extremely diverse, and that it is
incumbent upon the independent studio
to be able to deal adroitly with a wide
spectrum of formats and configurations.
In short, it may be necessary to be all
things to all people.

format.
He continues. "We had to replace some

Only in the independent
recording studio is sound
a powerfully focused
specialty.

of the dialogue. Most of the ADR was done
in New York and some in L.A:' He pulls
out a big 35mm mag roll and a 1/4-inch
with center -channel time code. "I also
have some sound effects;' he says, rummaging around in the suitcase and coming up with two 16mm mag loops, three
CDs, and a phonograph record. "In addition, in the middle section of the piece I'd
like to insert the audio from some documentary material:' With this, he presents
us with a 3/4 -inch video cassette and a
1/2-inch type M video cassette. How big is
this suitcase?
"Here's the music:' It's a split-track mix
with vocals on 1, band on 2, brass on 3
and sync on 4. "1 can't remember if the
sync is SMPTE or just pilot tone, but it

A common reaction to all of this confusion is to say that our industry is in flux
now, and that we are temporarily the victims of "format wars:' To an extent this is
so, but I submit that this is an industry that
will always be in flux. This industry is expanding, diversifying and requiring more
and more specialization. The result of expansion, diversification and specialization
is not an occasional "hot war" in which
a single format victor emerges. It is an ongoing "cold war" characterized by an evergrowing number of format "camps" that
don't kill each other off, but only entrench
themselves more deeply in their own welldefended, specialized corners of the

market.
Wilber W. Caldwell Is president of Doppler Studios, Manta, and a member of the SPARS Board of Directors.
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Another

inference can be drawn from
the dream. The client's bottomless suitcase

not only represents a diverse technology,
it is also a metaphor suggesting that the
independent recording studio is not in
control of its own destiny, regarding the
selection of A/V post equipment.
The recording studio can neither begin
a production nor end one. The audio mix
is just one step in a long, often complex
process that begins with the video producer or the animation house. The process
ends at the videotape house or at the film
lab. Recording engineers cannot control
what format comes in the studio door, nor
can they control what format goes out.
They must honor the conventions, as well

This industry will always
be in flux.
whims of another industry. They
must be able to ask questions such as, "Do
you want to layback directly to the 1 -inch
or would you like a 1/4-inch with code?
How about a couple of 35mm mags?
Should this be 24 or 30 frame? What is the
speed reference? Do you want a safety?
In what format ?" If the large video houses
in your marketplace go digital, you must
at least be able to supply a digital audio
product in the format they prefer, if not
to play and layback to the digital videotape itself.
We might infer that the independent recording studio is trapped in a technology
that is blindly expanding out of control,
a technology that is a black hole for money. This is not true. Remember, the dream
is a teacher, not an evil omen. The point
is not to insist that a studio must have all
formats, but that a studio can select the
formats that are most applicable to any
potential customer base-the formats that
are most prevalent in a particular market
area. A studio can target the work it goes
after simply by researching the conventions of the producers it wishes to serve.
If this proves successful, then another area
can be targeted. The more formats added, the greater the potential customer
as the

base.

It is all a matter of communication. It
is essential that the independent recording

studio establishes and maintains active
and detailed communication with all audio and video customers. This means that
Continued on page 18.

It's Time To

Rack Up Another Hit.

1100

OYIPIYKTqM

It's hard to follow a great act. Expectations run
high. The performance must be flawless. When we
decided to carry the legacies of our LA -2A, LA-4

and 1176LN into the next generation, we knew exactly what we
were getting into.
Our new 7110 Limiter/Compressor incorporates the characteristics of its predecessors,
is the natural addition to a
The 7110 combines the
legendary line and has all the
smooth predictable RMS
potential to become a major
style performance of the
hit in its own right. The 7110
LA -4 with the precise
combines both peak and aver- automatic peak control
age limiting action, producing of the 1176LN.
smooth, predictable RMS style performance like the
LA -2A and LA-4 with the precise automatic peak
control of the 1176LN.
The 7110, with our exclusive program dependent
Smart -Slope;" gives you adjustable compression
curves from 1.5:1 through infinity:1. You set

MOM?

1.Yffi1

threshold, attack, release time and output level the 7110 automatically rides the gain with split
second response.
To make set -up as simple as possible, we've included
an Automatic Preset function. Punch the button
on the front panel -the 7110 automatically
defaults to program dependent attack
and release times, and presets the peak
threshold and ratio to consistently used
settings. Perhaps the best news of all, the
7110 produces crystal clean sound and is virtually
transparent.
Just another limiter/compressor? We don't believe
so. After you've heard it for yourself, we think you'll
agree. Stop by your local JBL/UREI dealer and give
it a listen. And, get ready tc rack up another hit.

JBL

UREI

ELECTRONIC
PRODUCTS

JBL Professional
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LETTERS
Engineers:
the first one called
From: Bil VornDick, independent engineer,
Nashville.
I enjoyed your editorial in the February
issue of RE/P. Right on! Except you forgot
the first trait an engineer has got to live
with. The first one called and the last one
paid, usually. He is also the one that is
asked to take a pay decrease if the budget
is going over, or the studio rate is too high
for the budget.
I have been recording live music for
over twenty years and in Nashville (Music
City USA) for close to ten years. I work
mainly on acoustic projects now as I find

them more enjoyable and more challenging. A couple that you might be familiar
with are two MCA Records Masterseries
Artists, Jerry Douglas and Edgar Meyer.
have done just about the full gamut of
recording and found your comments to be
the way it is.
I am an independent engineer and won't
go back to a staff position. I enjoy having
the position of being able to say no. My
first couple of years in Nashville were as
chief engineer for Marty Robbins at his
studio. Marty was, and still is, the best vocal
stylist I have worked with. Being his staff
and personal engineer put me in a position that I had to record everything that
came through the door. The studio
manager was a slave driver. You talked
about five-day work weeks; those were
seven.
Being independent averages me about
5.6 days a week on a 50 -week year, which
is fine. I enjoy what I do and in most cases
do it 14 hours/day. I have enjoyed the gold
and Grammy nominations, but the real enjoyment for me is the creative environment of the studio and the music performed there. I love it.
I

Digital filtering
From: William Sommerwerck, Bellevue,
WA.

The piece on digital filtering in February
"Trends in Equalization: Digital Filtering;'
page 24] has several serious errors.
Analog filtering is considered to be
frequency-domain filtering, whereas digital filtering works in the time domain. The
author gets this backward. He also fails to
point out that digital filtering is but one
form of sampled -data filtering. The filter
in Figure 3 could be implemented with an[

6
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alog arithmetic and delay just as well.
Figure 3 has two errors. There should
be two multiplier boxes after the second
delay, not just the one shown. The arrow
leading from the input summer to that
multiplier is incorrect, because the signal
travels only one way.
Finally, the author says that once the impulse response for an FIR filter is determined, its sample values must be subjected to a Fourier transform. This statement
is not true. The "waveform" of the impulse
response is the FIR. Its sample values are
the FIR weighting factors and need no further processing.

Think audio
From: Thomas W. Earl, chief engineer,
Random Bullet Records, Greene, NY.
I want to thank Michael Fay for his editorial "Think Audio" in the April issue. it's
nice to hear someone ask questions other
than, "What's 3dB overbiased at 10k
mean ?" There is more to audio than just
equipment, there's music. His questions hit
right to the heart of the engineer: Do you

know music? Too many people are interested in learning how to play with the toys
without learning the art of recording and
mixing.
However, one comment was made with
which I didn't totally agree. Michael's
reference to "quickie" audio schools and
his doubt of their "usefulness" and their
"credibility" sort of wipes out anyone who
has neither the time nor the money to go
to a four -year college.
That was my case. However, the pendulum swings both ways. Recently, I had a
conversation with someone studying
music and audio in his third year of college, and he knew nothing of the basics
of audio, such as electromagnetics. He
never even sat down behind a board in a
control room.
In the six months I went to school, I was
taking on assignments such as live remote
recordings in clubs like the China Club in
New York without any supervision, and I
was expected to produce a quality
recording.
So, let's be careful how we lump everyone into one group and cut down the
whole group. Among that group may be
an excellent engineer waiting to grow.
Thanks again for your advice, Michael.
Michael Fay replies:

agree that it is not good to "lump
everyone into one group and cut down the
I

whole group;' but I think I adequately
qualified my comments by saying "...Before going further, I admit there are a few
good schools out there-mostly they are

four -year universities with degree
programs:'
Doesn't the true measure of any educational system lie in the acceptance of its
graduates into the next level up, which,
in this case, is the professional audio
market? It has been my experience, and
the experience of many of this industry's
top studio owners, that a six- to nine month course (often costing thousands of
dollars) seldom qualifies a person to enter
the job market on any level. Perhaps an
important point to bring out is that an "exceptionally talented" person will do well
regardless of the quality of education
received.
What seems to be missing from both our
remarks are the tried -and-true intern /apprenticeship programs that got many of
today's top professionals into the business.
Has this system become extinct in pro
audio? I certainly hope not. If it has, then
maybe the facility owners themselves
need to take some blame.
I can't help but think that the short-term
"trade school" approach is a result of
society's need for the "quick fix:' Trade
schools definitely have their place for
those who want to become welders or
truck drivers, but in pro audio you just
can't buy experience.

Digital limitations
From: Bik Toor, Digital Transformations,
Los Angeles.
I don't know if I should laugh or thank
John Lord ("Letters;' December 1987 issue)
or rather yourselves for publishing his letter. Such absolutes, as expounded in the
letter, are highly irrelevant and I wonder
what purpose they serve. Perhaps to assure mankind that digital is not magic?
It would be similar to me informing
everyone that they will eventually die and
not live forever, that the universe will collapse and not expand forever (although
"they" are not yet certain on that).
I'm sure you get the point, as I'm equally sure your readers will.

RE/P
Write to us at Letters, RE/P, 8885 Rio Sen Diego Drive, #107,
San Diego, CA 82108. Letters may be edited for length and

clarity.
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IF YOU WANT
THE BEST PRODUCTION

16 TRACK,

YOU'LL HAVE TO SPEND

A LITTLE

í

LESS.

There's no getting 3resL nd it. No one
beats the 60/16 cn featureE. At any price.
Check it out-Two speeds without
recalibrating each tmeyou swtch Proprietary head tecinolo3Y so accurate that
final EQing decisiors can be made right in
sync mode without rewind and repro verification. Gapless/Eeamless punch in /out
with superior transpareicy. Ard unli<e
other 16s, the 60/16 has bui t -in dbx pro
fessional Type -I.
The compact, rugcec 60/ -6 aso gives
you lightning fast lockuo fo- use wtf
synchronizers, incedibly precise spot erase,
D -sub multi- connecors for fastE r se-up with
fewer cables and, o-) yes, brillialt sound
There simply 6 no finer 16 trac< ava (able. Compare it wrh any o-her machine
out there. Then ccrr pare the price If
money is an issue, you may nave tc settle
for the best.
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NEWS
artists; however, according to Loomis,
Bradlee doesn't expect it to pass. Technical
corrections bills are designed to make
minor changes in previously passed acts,
but corrections involving potential losses
in revenue are usually squelched. A similar bill introduced in 1987 failed to pass
for that reason.

Imports and exports up
for keyboards, synths

relaxes
capitalization rules
IRS

By Kathy Mickelson,

editorial assistant
The Internal Revenue Service has relaxed capitalization restrictions on tax deductions for creative projects, by ruling
that half of incurred expenses may be deducted in the year they are incurred rather
than the period in which they generate
royalty income.
Under the 1986 Tax Reform Act, freelance writers and other creative people
were required to spread deductions over
the entire period of time the project generated royalty income. Before tax reform,
100% of deductions could be taken the
year the expenses were incurred, and various creative groups complained that the
1986 rule would impose undue creative
hardship.
Although the change was cited as a step
toward improvement, various creative
groups said they would try to get Congress
to restore the pre -1986 rules.
Artists, songwriters and other creative
professionals recently have protested the
capitalization issue. Under the tax reform
act, which requires uniform capitalization,
artists are required to capitalize tools of
their trades, and most creative people
view this requirement as unfair.
Shelly Loomis, staff intern for Sen. Bill
Bradlee (D -NJ, one of the architects of the
tax reform bill), said creative people have
complained that capitalizing their tools is
often impossible. They find it difficult to
match every loss with every gain.
"This act has created quite a furor;"
Loomis said. Bradlee and Gina DeSpres,
his legal counsel, have been trying to define what artists do and who should be
classified in this category to find a solution to the problem.
The House Ways and Means Committee
has introduced a technical corrections bill
to the Tax Reform Act that would exempt

8
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Exports and imports of keyboards and
synthesizers increased in 1987, according
to the American Music Conference.
Interpreting statistics from the U.S. Department of Commerce, the AMC said that
U.S. imports of electronic instruments with
one keyboard reached $242 million in
1987, totaling 4 million units. This was a
52% increase compared to 1986 figures.
Most of these imports, 94 %, were from
Japan.
Synthesizer imports to the United States
posted larger gains, up 96% to 511,500
units in 1987. Exports from Japan rose
28% to 300,177. Korea was the second biggest exporter.
For U.S. exports to other countries, synthesizers posted the second largest increase in dollar value among all categories
of musical instruments -up 106% to more
than 13,000 units. Only electric guitars
posted a larger increase, 107 %. The
Netherlands and Germany were the
largest importing countries.
Overall, according to AMC, musical instrument exports in 1987 posted the second- largest year -to -year gain in 20 years.

convention set
for West Coast

MIDI

Following the success of the first MIDI
Expo, a second conference and exposition,
MIDI Expo West, has been scheduled for
Sept. 10 -11 at the Anaheim, CA, Convention Center.
The convention will include a seminar
program featuring MIDI basics, computer
music, song construction, sampling techniques, the MIDI studio and an artists'
panel.
For more information, contact Tony
Scalisi, show manager, at Expocon Management Associates, 3695 Post Road,
Southport, CT 06490; 203 -259-5734.

B&K

workshops set

Bruel & Kjaer is sponsoring a series of
seminars and workshops for various cities
throughout the rest of the year. The seminars are designed to help personnel keep

current with new developments and to
equip them to meet future technical
challenges.
Topics being offered include "Acoustical
Noise Control;' Oct. 18-20, Foster City, CA;
"Digital Signal Analysis for Applications
in Sound and Vibration;' Oct. 4 -6, Minneapolis; "Fundamental Measurements in
Electroacoustics;' Nov. 10, Anaheim, CA,
and Dec. 6, Orlando, FL; "Product Noise:
Measurement, Evaluation and Control;'
Sept. 6 in Marlborough, MA, Oct. 24 in
Milwaukee, Oct. 26 in Minneapolis, and
Nov. 10 in Orlando, FL; "Sound Intensity
Theory and Measurements;' Nov. 1 -3 in
Livonia, MI; and "Special Analysis in
Sound and Vibration;' Oct. 25 in Milwaukee, and Oct. 27 in St. Louis.
For more information, contact Julie Pelz
at Bruel & Kjaer, 185 Forest St., Marlborough, MA 01752 -3093; 617-481 -7000.

Yamaha opens
Communication Center
Yamaha has opened the Yamaha Communication Center Show Room at Metropolitan Tower in New York., The center exhibits Yamaha's musical instrument line
and pro-audio equipment. The location also features the company's Research and
Development unit, which opened in December. Instruments on display include a
selection of Yamaha pianos, DX- series synthesizers, an electronic keyboard, and
woodwind and brass instruments.

News notes
Cetec Gauss, Sun Valley, CA,

has signed
an agreement with RCA /Ariola Music to

provide the record company with highspeed cassette duplicating equipment for
RCA's North Carolina duplicating facility.

Clear -Com Intercom Systems

has

moved to 945 Camelia St., Berkeley, CA
94701; 415-527 -6666.

Bose Corporation, Framingham, MA,

is

offering music software to people who buy
a pair of Bose Pro RoomMate loudspeakers and an Apple Macintosh or MIDI
interface. Buyers will receive their choice
of Great Wave's ConcertWare + Version
4 or Terpsichore, Opcode's MusicMouse,
Coda's Macdrums or Intelligent Music's
software package. The promotion runs
through Oct. 8.
Citing the increased cost of doing business,
Maxell Corporation of America, Fairlawn, NJ, has raised the price of its pro-

YOU'VE NEVER HEARD
A TAD SPEAKER
AND YOU NEVER WILL.

With TAD speakers,
technicians get the
purest, most powerful

reproduction

of sound in the
industry. And
nothing more.
Because the
TAD division at

Pioneer Electronics
prides itself on being colorless.
Our Professional Sound Lab insures the outstanding quality of our products through a series of tests,
including Doppler lasers, holography lasers and
anechoic chambers. Products are also tested by
computer for phase uniformity, transient response
and frequency response. Then, using only the finest
C

198( Pioneer

Ekclronir, IIISAI Inc Long
.

materials available, every component is assembled
by hand, allowing for tolerances down to a millionth
of an inch.
At Pioneer, we put
so much more into
our TAD speakers,
they don't sound
like speakers at all.
For more information regarding TAD
speaker components, please contact Leon Sievers at
Pioneer Electronics (USA) Inc.

Technical
Audio Devices
Professional Productions Division of Pioneer Electronics (USA) Inc..
2265 E. 220th Street, Long Beach, CA 90810 (2131816 -1415

Beach. CA
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NEWS
fessional /industrial audio /video pancakes
and cassettes by 15 %, effective June 1.

Passport Designs

Lee H. Gray has been appointed vice

Des Plaines, IL, has

has announced that its
first quarter earnings increased by more
than 503%, with revenues increasing by
more than 178%.

entered into an agreement with systems
design consultant Stephen Court, who will
design a new range of professional enclosures and monitors that Fane will
manufacture and market. The equipment
will be sold under the "Fane by Stephen
Court" name.

KR Design has teamed up with EagleVision, and is now providing print, audiovisual and video projects for corporate,
agency, marketing and public relations
companies. The company has also moved
to 3001 Summer St., Stamford, CT 06905;

J. Michael Hughes

Fane Acoustics,

203 -348 -0722.

AMS, Seattle, has named the following
U.S. companies as factory- appointed rep resentatives for the AudioFile: Douglas Ordon & Company, Chicago; Harris Audio
Systems, Miami; Harris Sound Incorporat-

Ralph Goldheim

Shape Incorporated, Biddeford,

Des Plaines, IL, and is overseeing the company's sales and marketing.

tributor for the Parry Music, Boosey &
Hawkes, and Dwight Cavendish music pro-

duction libraries.

Westlake Audio,

Los Angeles, has been
named the exclusive dealer in the Los
Angeles area for the Jensen Twin Servo
990 mic pre -amp.
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Alecia Wright, Graphic Designer

BUSINESS

has been named southwest
regional manager for Studer Revox Amer ica, Nashville.

Michael Mueller

People
Michael Wood has joined Fane Acoustics,

Ft. Lauderdale,
FL, has been appointed U.S. agent and dis-

Mike Halleck

England,

has signed an agreement

porated, New York; and Valley Audio,
Nashville.

Promusic Incorporated,

has been named vice
president of marketing for HM Electronics,
San Diego.

with Outboard
Electronics for the worldwide marketing
of Outboard's MF100-S motorized fader.

Sellmark Electronics, Durham,

ed, Los Angeles; Studio Consultants Incor-

ME, has
increased the price of its compact disc jewel cases by 5 %, effective June 1.

president and regional sales manager for
Recorded Publications Laboratories,
Camden, NJ.

George Armes, general manager for

in-

strumentation and data tape for the Ampex magnetic tape division, Redwood
City, CA, has been appointed to the Electronic Instrumentation Technical Advisory
Committee.

Phil Guy

has been appointed marketing
manager for Soundtracs, Surrey, England.

William Dexter

has joined the staff of
TekCom Corporation, Philadelphia.
has been named na-

tional sales manager for Alesis Studio
Electronics, Los Angeles.
Agfa- Gavaert, Ridgefield Park, NJ, recently
announced its 1987 sales awards for the
magnetic tape division. Walter Bremer,
Pacific region sales manager, was named
regional manager of the year. Winners of
the sales contest were Jim Rouse, Pacific
region, first place; Mike Caputo, Atlan tic region, second; and Jeff Hamilton,

Central region, third prize. The outstanding performance award went to Kathleen
Smyth, marketing controller.

Jeremy Bancroft
has been named sales

has joined Digital
Audio Research, Surrey, England, as sales

(RE/pl

manager for Audiotechniques, New York.

manager.
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MANAGING MIDI
By Paul D. Lehrman
ited to clumsy, slow, guitar -like devices, or
the rather inaccurate (but expensive) pitch
converters, are now far more usable and
affordable. There are wind drivers, percussion sensors and even "gesture controllers"
that you don't have to touch to make
music.
Also, there are now MIDI- controlled
processors for just about every studio proc-

MIDI Is

Coming
of Age
Several anniversaries are being celebrated around my house this month. Ten
years ago, I published my first article on
professional audio. Five years ago, MIDI
was officially adopted. And two years ago,
I started writing this column. A lot has
happened in professional audio in the past
10 years, but, for me, none of it has been
as exciting as what has happened to MIDI
in the past two years.
MIDI has had a lot of successes, perhaps
the most visible being the extent to which
it has been accepted in the music production studio. Pvo years ago, only the more
daring and computer -comfortable studio
owner would invest in a MIDI system. Today, in the Western world, there are very
few original music facilities that don't have
at least a couple of synths, a drum machine, and a hardware- or computer -based
sequencer.
Helping MIDI's acceptance into the professional world have been major developments in the area of synchronization. New
forms of sync, such as "smart" FSK and
MIDI Time Code, can make linking mechanical devices and sequencers much
more economical and easier to use.
Also helping are new types of software
specifically geared to the audio/video
studio. This software can handle multiple
events and tag them to real -world (not
MIDI) time, provide printed music or pre timed sequences to follow visual hits, and
deal with numerous disparate events from
a central controller: the computer.

One

originally perceived drawback of

MIDI, its relatively low transmission speed,
is being partially overcome by hardware

and software advances that address multiple data streams. This allows the capacity of a MIDI system to be doubled or even
quadrupled, without fear of rendering any
existing equipment obsolete.
Non -keyboard controllers, originally limPaul Lehrman is RE/P's electronic music consulting editor
and is a Boston -based producer, electronic musician and

free -lance writer.
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essing function. Even mainstream manufacturers are getting on the bandwagon by
either designing MIDI functions directly into their equipment, or hiring outside corn panies to build MIDI retrofits.
This revolution is far from won, however. The more complex devices have a
steep learning curve and require a lot of
patience and support if they are to be used
to their full potential.
Finally in the success column, do-ityourself MIDI programming has become
a reality. Once, the concept of a "MIDI
driver" (an assembly -language program
that could read and write MIDI data
through a computer's serial interface) was
the exclusive domain of a kind of high
priesthood of programmers. But today, inexpensive or public- domain MIDI drivers
are available for languages such as BASIC,
Pascal, C, and even Apple's new Hypercard. Now, anyone interested in programming can write custom MIDI applications.

The promise

of MIDI remains only partially fulfilled, however. In the world of text

and graphics, there are standard formats
for exchanging data among computers,
even if those computers are completely
different. In the MIDI world, that isn't quite
true -yet. The proposed "MIDI Files" standard is a great idea, and a couple of manufacturers have adopted it, but it is still not
carved in stone, and discrepancies exist in
the way various programs are interpreted.
The industry also needs to adopt a protocol for sending a MIDI File over a MIDI
line. Some manufacturers even have stated
that they have no plans to make their
products MIDI File-compatible, under the
assumption that anyone who buys their
stuff couldn't possibly want anything else.
This is not progress.
One casualty, caused by the delay in
standardizing formats, is the idea of being able to "phone in your parts or tracks:'
This idea, which is even older than MIDI
(and recently popularized in the Sunday
funnies) is rarely practiced. Phoning in
your track is possible, but it is still too complex. It requires that the sender and receiver have sophisticated telecommunica-

tions software and identical music software (not to mention hardware).
The concept of a multiprogram environment for MIDI applications, in which different program modules (e.g., patch editors, processor controllers, sequencers and
automation systems) can operate simultaneously, represents a necessary step forward in MIDI control of production. Although a few manufacturers recognize this
need and offer various programs that
work in conjunction with each other, as
yet, there is no standardization for most
programs, even those designed for the
same computer.

Heading the

"Not Yet" list are products
that are completely reliable from their first
release. Most manufacturers who survived
the first few years of MIDI have cleaned
up their acts, and today their products are
more solid than their initial offerings. But
start-up companies are appearing all the
time, and the percentage of their products
that actually do what they're supposed to
do is still depressingly low.
Then we have the elements that fall into the "Real Soon Now" category. That's
the phrase currently used by developers
to describe when they're finally going to
release that product they've been promising for the past five years. A "Real Soon
Now" hasn't happened yet, and it looks as
if it may never.
Another "Real Soon Now" capability is
MIDI control of mechanical studio equipment, such as audio and video tape decks,
hard disk storage systems and CD players.
MIDI is a terrific protocol for digital control, and with MIDI Time Code now part
of the spec, it can easily be used in both
off -line and real -time modes. However, it
will never reach its full potential until
hardware manufacturers allow their machines to be controlled by MIDI. So far,
there hasn't been a lot of enthusiasm for
the idea.
An additional step that will be needed
to make MIDI hardware control a reality
is the introduction of MIDI Local Area Networks (LANs), which will be able to overcome any remaining speed limitations inherent in MIDI and will prepare it for the
next generation of hardware and software.
A standard LAN protocol would be nice,
but, more likely, each manufacturer will
come up with its own, and those of us on
the sidelines can only pray that they work.
It's been an exciting couple of years.
Thanks for reading.
REA)r

Maximum range and reliability with true dual - receiver diversity.
Respectfully honorirg a great Americar tradition
for excellence. Cetec Vega proudly presents
the RANGER 2 These -rue -diversity wireless
microplone systems comb ne superb performance
with ease of operation and Dutstanding rel ability.
CVX audio processing is ircorporated for high
signal -to -noise ratio, wide dynamic range. and clean.
natural sound.
RANGER 2 diversity wireless systems operate on
VHF hiçh -band frequercies for clear, reliable audio.
The systems dual- receiver true -diversity design is

vastly superior ',o phase -diversity and all other diversity tech -iques for el minating dr000uts.
Eight bodypack and handheld system configurations are available at highl., affordable prices for virtually any application Also availableare the RANGER
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SPARS ON -LINE
By Murray R. Allen and Tom Miller

"MultíInterface
Stress
Syndrome"
As

I regained consciousness in my hospital bed, the doctors were feverishly reading my vital signs. My blood pressure was
floating between 40 over 20 to 280 over
120, and my pulse was bouncing between
40 and 120 beats per minute. The young
resident commented, "A classic case of recording studio stress :'
I was told that I had collapsed in my office and had been rushed to the hospital
just five hours ago. The medical team
asked me if I remembered what led to this
condition. I waited for a few minutes because I was still somewhat confused, but
it all started coming back to me.
remembered that I felt great as I
jumped out of the bed that morning. The
sun was out, business was good, and I
didn't have a hangover. For some reason,
it crossed my mind that we still have problems with the standard XLR connector.
Even though America joined the rest of
the world (at least on paper) in 1972, most
American -made equipment still makes pin
No. 3 the hot one.
As I started to brush my teeth, my
thoughts went to 1/4-inch connectors. Most
small equipment (de- essers, equalizers,
etc.) have 1/4-inch connectors. Often, they
are stereo connectors for balanced connection. Usually, they are a fraction of an
inch too large to work with a standard
patch cord (1/4-inch TRS telephone type).
The mono'/4 -inch jacks don't work at all
with patch cords. As I rinsed my mouth,
that great feeling of a new day was beginning to fade.
1

The coffee

maker beeped that my cof-

fee was ready, but I was preoccupied with

the problems of connectors on speakers.
I became furious that banana plugs dont
fit large speaker cables. The PA industry
has been arguing over a standard speaker
Murray R. Allen is president of Universal Recording Corporation, Chicago, and is a former president and chairman of
the board of SPARS. Tom Miller is chief engineer of Universal Recording.
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connector with no success. As I added
cream to my coffee, I pondered balanced
inputs and outputs. I thought about the
fact that floating balanced outputs are
compatible with unbalanced inputs, but
non -floating balanced outputs are not. All
equipment really should be floating balanced-in and out. Lots of equipment isn't
even balanced.
As I jumped into the shower, I was really starting to steam. The shower drain was
plugged, and as the water level rose, my
mind shifted to the way in which audio
levels are controlled on professional equipment. I mulled over the specs: In the
broadcast industry, "OVU" is +8dBm on
most equipment, but on some it's +4dBm;
+4dBm is used with most studio equipment; "OdBm" with a lot of PA equipment
and industrial video equipment is +8dBm,
+4dBm, OdBm, 10dBm and 20dBm.
Music synthesizers and drum machines
have a level all their own, and sometimes
a mind of their own as well.
I started to shave, and my stomach began to rumble and ache. The ongoing
problems with loading made me shiver.
Broadcast equipment usually comes with
60011 input and output impedances, which
do not work well over long cables or when
using Y-connections. Most studios and hifi people use bridging input and low output impedance on their machines.
As I leaned over to tie my shoes, I felt
dizzy. I was having trouble aligning my
right shoe lace with my left one and getting an even bow. Suddenly, I remembered
1 -inch,
C- format VTR audio alignment
tapes don't match between brands. And
34-inch videocassette alignment tapes differ between brands and have only two reference tones (1kHz and 10kHz). Tapes
from these machines are often used in
broadcast and the circulation of music
video to television stations.

Ireally

should have stayed home that day,
but I forced myself out the door and
grabbed a taxi for the studio. As the driver
flicked on his meter, I was troubled by the
thought that so many meters are marked
as VU meters but bounce way too much
to match the standard. Identical drum
tracks can look very different on different
VU meters. Almost no video machine
seems to have a true VU meter. And almost no video machines have peak indicators, which are common on even the
cheapest consoles.
I tipped the driver and felt as if my body
was being invaded by some unknown

I was possessed with the thought of
the slight difference in sound when the
polarity of both channels of a stereo pair
is flipped. The SMPTE has recommended
a practice to standardize polarity on
magnetic recordings. No manufacturer or
test tape maker seems interested in matching the SMPTE recommended practice.
As I walked into the studio, my heart
was palpitating wildly. All those digital formats: PD, DASH, DAT, PCM -1630, D2, CD,
AMS, Synclavier, etc. If only all these formats could talk to each other. Professional
AES /EBU ports almost work with consumer digital ports. A small change should
make conversion between professional
and consumer digital links a simple matter of changing voltages, not digital codes.
Also, a lot of digital gear doesn't have
AES /EBU ports. They are often shown in
catalogs as an option not yet available.
As I entered my office, I began to lose
my balance. I grabbed for the phone to call
for help and then thought about the standard that exists to make all remote control ports work the same. No audiotape
machine manufacturers support this standard. Some synchronizer and video editor
companies are pursuing it. It is possible,
however, to buy consumer remote controls
that work with all consumer VTRs and
TVs. Why not with professionals?
Then I must have blacked out because
that's all I remembered when I woke up
in the hospital.

force.

My physician

told me I was a victim of
MISS -Multi-Interface Stress Syndrome.
"Those manufacturers probably don't love
you as much as they have led you to believe:' he remarked. "In fact, they probably think of you only when trying to sell
something new or trying to collect on an
old invoice. Just remember: it's a real war
zone out there, and drink lots of juice :'
Feeling somewhat relieved in knowing
what was wrong with me, I decided not
to think about the lack of interface in our
industry. I am quite sure every industry
has similar problems. Who ever heard of
a Jarvic heart machine being able to talk
to a kidney dialysis machine? But studio
owners would probably live longer and
fuller lives if some of these format, standards and interface problems were solved.
I left the hospital in a wonderful mood.
As I meandered up the street, I thought
how nice it would be to have a special version of software beyond alpha, beta and
final version- something that really had
all the bugs worked out....

Microphones

Headphones

Speaker Systems

In the studio, over the air or up on
stage, there's a Fostex RP mic
specifically designed for the job at

These are more outstanding examples
of RP Technology. Model T -20 has
become almost legendary among
studio musicians, producers and
engineers. Its flat response at any
listening level and its comfortable
design help you listen longer without
fatigue. And the sound is so clear and
well-defined, critical listening is
enjoyable.

You're up & going with Fostex PA systems. Modular designs let you control
the sound according to the needs of the
event. Stack them, gang them. From
a simple portable PA to an entice rig,
look to Fostex speaker systems to help
you solve your sound problems.

hand. RP stands for regulated phase,
a transducer technology which has
been awarded over 20 international
patents to date. These mics have the
warmth of condensers, the ruggedness
of dynamics and a sound as transparent
as it gets.

Powered
Mixers

Model MP -800 has 8 inputs and delivers 180 W per
channel and Model MP -1200 has 12 inputs and
delivers 250 W per channel. These rugged, road worthy stereo mixers have quiet running fans, digital
echo, normalled connections at all critical patch
points, stereo graphics on the mains and super
monitoring flexibility. The best at any price.

FOSIP.X

Complete PA Systems

Pro Sound Division

Look to Fostex for any and all of your PA needs.
Complete systems or individual components. High
quality sound from input to output.

15431

Blackburn Ave., Norwalk, CA 90650

(213) 921 -1112
1987 Fostex

Corporation of America
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UNDERSTANDING COMPUTERS
By Jeff Burger
ing the matter, sometimes a disk has
enough room to save a file, but it may not
be consecutive space because of file deletions and other considerations. This means
the file gets broken up and the segments
get stuffed into whatever spaces are available. (Let's be glad this doesn't happen
with our cars!) A record has to be kept of
the location of related segments. As you
might have guessed, all this is done differently on each system.

Disk
Operating
System

existing one on disk. Or, you may give the
modified version a slightly different name
if you want to save both. Files should be
named as intuitively and plainly as possible -six months down the road, you'll
thank yourself!

Files should be named as
intuitively and plainly as
possible.

Let's take a look at the major tasks that
an operating system performs for you. The

If you've been around computers at

all,

you've probably heard the term DOS, an
acronym for Disk Operating System,
which is the interface between you and
your disk drives for operations like
loading, saving, copying and deleting.
A few columns back [May] we likened
a formatted disk to a parking lot. Well,
DOS is your parking attendant. If we had
to deal with tracks and sectors every time
we wanted to manipulate disk -based data,
the word computers would not even be in
our vocabulary! You just hand the keys to
DOS and let it worry about jockeying your
data around.
When you first boot (start) most computers, about the only thing they can do is
look for a disk with DOS on it. DOS actually gives computers much of their personality. Besides managing disk operation,
most DOS systems actually reside on a
disk as well. This provides manufacturers
the flexibility of upgrading the operating
system in the future by simply supplying
a new version on disk instead of dealing
with hardware upgrades.
We now demystify Common Computer
Question No. 1: Why can't an IBM read an
Apple disk and vice versa? Primarily, it's
because different operating systems store
and keep track of data in different ways.
All disks are subdivided into tracks and
sectors, but DOS usually labels sectors and
files by placing proprietary "header" and
"footer" information at the beginning and
end to help identify them.
More importantly, DOS maps the location of each file on the disk, just as the
parking attendant puts the keys to each
car in a cross -referenced place. Complicat-

command names and implementations
vary slightly from system to system, but
the concepts are fairly universal. Further,
various systems provide different means
of specifying which disk drive you wish
to address.
The first command that comes into play
is formatting. After you buy a blank disk,
you must first format it for the computer
you're using. Formatting is analogous to
painting the lines on the parking lot to

DOS actually gives
computers much of their
personality.
define the spaces. Once you have created
some type of file (for example, you've used
word processing software to write a letter or contract), a save command is
necessary to store the file permanently on
disk so that you can retrieve it later. Naming your file is part of this process. If you
modify your document and save it without
changing the file name, it will replace the

Recording Engineer /Producer July
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means for just about anything you might
need to do with your disk files. Equally important is the arrangement of files on disk.
It's not as crucial with floppy disks, but imagine for a moment a 20Mbyte hard disk.
If you haphazardly put all the files on the

disk, that's like opening the door to your
office and throwing your papers on the
floor -as a filing system. In real life we use
drawers in filing cabinets and files within
them to organize our work. The same con-

ROOT DIRECTORY

WORD PROCESSOR
SOFTWARE

LETTER A
LETTER B
LETTER C

16

These basic DOS commands provide the

Continued on page

LETTERS

Jeff Burger Is RE/P's consulting editor and is president of
Creative Technologies, Los Angeles.

Once you've saved several files, you'll
want a way to verify the disk's contents.
This list of files is known as a directory
of the disk, and options are usually provided to view the size and date of each
file, as well as the amount of free space
remaining. Retrieving a file is done by issuing a load, open, or call command and
specifying the file name. Rename commands let you change the file name at any
time. The delete command removes a file
from the directory. Provisions are made
for copying a file from one disk to another,
as well as replacing the entire contents of
a disk with the contents of a different disk.

Figure L
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help organize files, directories can be broken down into subdirectories.
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cept applies to today's computers using
subdirectories. The main directory (also
called the "root directory") should consist
of a tree structure of other lesser directories, which, in turn, can contain files or
even more subdirectories. The more
graphically oriented systems even depict
subdirectories as folders.
As an example, your main directory
might consist of subdirectories that contain programs, project notes, personal documents and musical sequences. Each of
these items might then contain other levels and, finally, the files themselves. (See
Figure 1.)

The main directory should

consist of a tree structure
of other lesser directories.

This technique lets you find files much
faster and makes life in the fast lane a lot
easier. Another benefit of organizing files
into subdirectories lies in the backup process. If your hard disk has lots of files, yet
you know that since the last backup you
have modified only the business documents subdirectory, you can get away with
backing up just that subdirectory.
Some operating systems, such as the MSDOS found on PCs, provide for more sophisticated tasks, such as batch files.
Batch files allow you to define a series of
instructions that are executed automatically with one command or when you boot
up your system. For example, you might
have your PC automatically load some
pop -up resources like your calendar and
phone book, then run your word processor program and change subdirectories
to access your business correspondence.
This process definitely beats typing all
those commands each time your start a
session!
Next month we'll review the brains
behind every computer -the microprocessor. Until then...Happy Computing!

RE/P

18

Recording Engineer/Producer July 1988

I

A

REPRINTS
Interested in
ordering article
reprints out of this
or another issue?*
Reprints can be
excellent learning
tools for your
technical staff and
great marketing
tools for your sales
staff. Call or write

Cindy Sedler
at Intertec
Publishing Corp.,
P.O. Box 12901,
Overland Park, KS
66212; (913) 888 -4664.
'Minimum order 500
copies.

Continued from page 4.
each customer or potential customer must
be made aware of exactly what the studio
can and cannot do, and the studio must
be aware of the needs and preferences of

each customer. Failure in this area is the
beginning of the nightmare.
In short, the independent studio must
get its head inside the production process
from beginning to end. And for video, it
can be a very complex process indeed.
Every project is different; each is assembled in a different order, by different people, at different facilities, using different
equipment. Communication is the name
of the game. My nightmare would have
been just a pleasant reverie if only I had
known what was in the suitcase the day
before.

This brings us

neatly to a point passed
over in my dream. In the beginning, the
client was blameless and the components
supplied were in every way correct. With
most real -life projects, this is not the case.

Recording engineers
cannot control what
format comes in the studio
door, nor can they control
what format goes out.
When a director is losing the light and
has two more setups to go, he probably
will not reshoot a take because of a flaw
in the audio. He may have a crew and a
cast of 30 or more. At this point, $175 per
hour for dialogue replacement and a
sound fix is a bargain. Here again, the independent studio is in a position to soar.
Fixing damaged sound is the perfect opportunity for an independent recording
studio because the studio understands
sound and has the technology, experience and patience to deal with these problems. Only in the independent recording
studio is sound a powerfully focused
specialization.
It is easy to forget to listen when you
are looking at the picture, but listening sets
the audio industry apart from the video
industry. Listening is what gives the recording studio a place in the complex,
flashy world of video. Remember, half of
the art of communication is listening, and
listening is what recording studios do best.
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Noise Modulation in
Digital Audio Devices
or Who Wrapped the Mics in Sandpaper?
By Richard C. Cabot, P.E., Ph.D.

Proper machine alignment can make a significant difference
in the sonic quality of digital tape machines.

Many

studios today are going digital.
Some of the presumed benefits are improved sound quality and a reduced need
for maintenance. Most types of gear are
available in digital configurations, including tape machines, delays, reverbs,
equalizers and limiters. Digital delays and
reverbs have been around for several
years, but they are normally used for effects and are added to the mix at a level

significantly below the main signal. Their
audible oddities were usually masked by
the substantially louder main signal. Besides, other than springs (a little outer space sound), plates (large and expensive)

and special purpose rooms (very large and
very expensive), what were the alternatives?
Tape machines are another story. The
top -line analog machines with noise

reduction really are quite good. Digital
machines are expensive and, according to
some people, don't sound natural. Others
swear by digital machines and find no
audible faults at all.
This article discusses one possible
reason for the differences and tells you
how to measure a digital machine for this
effect. What's more, because most professional machines have adjustments that will
affect their performance on this test, you
can fine -tune a machine once you know
what you are looking for.

Taming audio into bits and bytes
SINE WAVE

--- DITHER

DITHER AMPLITUDE MUST
EQUAL OR EXCEED 1LSB

INPUT

Figure M. Dither causes average

value out of A/D to be correct. Errors in each sample become

random and sound like noise.
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The critical parts of any digital audio
device are the A/D and D/A converters.
They convert the analog signal to binary
numbers the digital circuits can process.
The original analog signal can take on an
infinite number of voltages between its
positive and negative peak values. This
signal must be converted into a finite
number of different digital words by the
A /D. In a 16-bit system, 65,536 different
values can represent the signal. If the input to the A/D corresponds to one of the
available output values (or codes), the converter uses that code. What happens if the
signal doesn't match one of the codes? The
converter selects the one closest to the input signal voltage. This process of converting the continuous signal into a finite number of output values is called quantization.
The quantization of analog signals in
A/D converters introduces errors because
of the finite number of levels available in

Richard C. Cabot is principal engineer at Audio Precision,
Beaverton, OR.

the digital code. The errors are commonly referred to as quantization noise. The
quantized signal may be viewed as the
original signal plus an error signal. The
error equals the difference between the
actual signal voltage and the digital
representation. This difference consists of
two parts. The first is caused by the quantization process itself. The reduction in
resolution of the signal at each sample
results in an error signal. The second part
is caused by the errors in the converter
steps relative to an ideal quantizer.
The signal is converted to binary
numbers many times each second, a rate
known as the sampling rate. In professional audio systems, this sampling
generally occurs 48,000 times per second.
If the sampling rate is a fixed ratio to the
signal frequency, the staircase wave shape
results in harmonics of the signal. Alias ing causes all input signals above one -half
the sampling rate to fold over into the
audio band. For example, a 1kHz tone
recorded on a 48kHz sampling rate professional machine will result in 24 harmonics within the passband of the
machine. If the signal frequency is not
locked to the sampling rate, the harmonic
spectrum will shift with time as the
number of samples per cycle and their
location on the waveform changes. Music
and speech consist of signals whose frequencies and amplitudes change constantly. Even a single note from a musical instrument does not keep a constant frequency from beginning to end. (But that's
another subject entirely.) The changing
parameters of the signal result in a changing spectrum at the output of the
converter.
In other words, the error signal is dependent on the original signal. For individual
sine waves it consists of discrete frequency components. The sharp discontinuities
introduced by the quantizing result in extremely high -order harmonics. For sine
waves that are not submultiples of the
sampling rate, these components alias
down to non -harmonic frequencies. This
result of the "folding down" effect occurs
when the input frequency is greater than
one-half the sampling rate. The fold -over
equals the distance from the one -half point
of the sampling rate to the actual input frequency. For example, if the input is 25kHz,
and the sampling rate is 48kHz, the one half point is 24kHz, and the resultant fold down frequency is 23kHz. A 28kHz input
would result in a 20kHz sample and so on.
At 20kHz, the fold -over may not seem
to be cause for concern, but consider that
the 3rd harmonic of a 10kHz signal
(30kHz) will result in a fold over sample
of 18kHz, which is a non -harmonic component of 10kHz.
When multiple sine waves are present

these quantization products inter modulate, causing many components all
across the audio band. Thus, the error
signal tends to look like noise, in both the
time and frequency domains. However,
this noise is dependent on the signal
voltage at each sampling instant.
Very small signals result in substantially more distortion than large ones. If the
signal is a sine wave smaller than one
quantizing step midway between two
quantizing levels, the converter doesn't put
out any signal at all. If the same signal is
applied at one of the quantizing levels, the
output from the converter is a square
wave.

Correctly dithering an ideal converter
will make the noise voltage at any instant
statistically independent of the signal
voltage. This concept is illustrated in
Figure 1A. The error signal will no longer
depend on the input and will truly be a

noise. However, if the converter is not
ideal, or if the converter is not correctly
dithered, a dependence on signal level remains. A non -ideal converter has different
size steps along its input vs. output
characteristic. The dither appropriate for
one size step is too large or two small for
the other size steps. (In practice, too large
a dither waveform is much less of a problem than too small a dither.) Similar problems occur from unequal quantization
steps in D /As when the digital signal is

reconstructed into analog.

Measuring the effect
One method of measuring the quantization problems in converters is to measure
their amplitude linearity. If a signal 20dB
below full scale is input to an audio device,
the output should be 20dB below full scale.
If the input is 40dB down the output
should be 40dB down, and so on. In other
words the gain should be constant with
signal level. To measure the gain, apply
a sine wave, usually 997Hz, to the input
and measure the amplitude of the output
with a meter. (997 is becoming a standard
because it has no related integers to any
even-numbered digital sampling rates such
as 44.1kHz, 48kHz, 50kHz, 96kHz or
100kHz). Change the input by known
amounts and note how much the output
changes. To enable measurements below
the other interfering noise in the system,
add a bandpass filter between the output
and the meter input. This test is often used
on CD players and appears in most home
audio magazines' CD player test reviews.
A plot of the gain vs. output level on a
graph can help you understand the data.
(A picture is worth a thousand words.) The
resulting plot is similar to the one in Figure
2. Ideally, this plot should be a straight
line. The example in Figure 2 was measured on one channel of a popular professional multitrack digital audio recorder.

RANGE OF VALUES
FOR THIS SAMPLE
IN EACH CYCLE
OF SINE WAVE

OUTPUT OF A/D

Figure IB. Expanded view of A/D output.
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The measurement shows it to be fairly
good, deviating only about 1dB down to
the -90 level. However, another channel
of the same machine resulted in the graph
in Figure 3. This channel looks pretty bad,
and it certainly would sound that way, too.
This test usually works well because
most converters change all of their bits at
Ov, causing the level of small signals to be
highly affected by bit errors. However, a
poor A/D converter can be improved immensely on this test simply by adding a
slight dc offset to the signal. As the signal
level is reduced, the 0 point of the converter will be crossed at a higher signal
level. At the higher level, the errors are
a smaller part of the signal amplitude.
When the test sine wave is at very low
levels, the offset keeps it from crossing the
more significant bit transitions. Although
some deviation from linearity exists at a
higher level, it is small because it is a lesser
percentage of the signal. An example of
this relationship is shown in Figure 4. The
linearity shows a slight deviation as high
as -45dBm input, although the worst case
deviation over the range is no more than
1dB, down to -92dBm.
At this point you may be thinking, "I can
believe that the 6dB change in the earlier
graph is audible, but I can't hear a 1dB
change in signal level in music." If it were
as simple as that, you might be right.
Remember, this article started with a
description of how quantization creates
noise energy in the signal. What if we instead measure this quantization noise
directly?
To measure quantization noise, consider
the noise floor as a function of signal level.
First, drive the device with a low frequency sine wave, then remove the sine
wave at the output with a distortion
analyzer notch filter or a sharp high -pass
filter. Next, measure the noise floor of the
output with a V3-octave analyzer. Change
the signal level and measure the noise
floor at each level. The largest deviation
in any of the 1/3-octave bands is the noise
floor modulation.
The same tape machine channels (channels 10, 11 and 14) measured in Figures
1, 2 and 3 were measured with the noise
floor modulation technique using an
Audio Precision System One audio test
system. The channels were driven with a
200Hz tone and the spectrum from 500Hz
to 20kHz was measured. The level was
changed in 10dB steps from -40dB to
-100dB, and the spectrum was measured
at each point. The resulting graph for the
good channel is shown in Figure 5. The
noise shifts less than 2dB over most of the
frequency range, reaching a worst-case
modulation of approximately 3dB. The
channel that measured so poorly on the
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the new Telex 6120XLP with 8X speed and XL Life heads should
be your choice. For full details and specifications or even a
demo tape, call or write to: Telex Communications, Inc.,
Minneapolis, MN 55420.

Telex Communications, Inc.

9600 Aldrich Av. So.
Minneapois, MN 55420
Name

TELEX.
Circle (14) on Rapid Facts Card

Company

Address
n

City

State

Zip

Teephone

REP 7188

AUDIO

-70.80

PRECISION A2DNOIIB RANDPASS,a1Bn1 vs bPOH(8r

InN NB

vii

00:42.5',

75.00

80 00

--

-85.00

,I;'

-90.00

-

iÿfis5',----;-r-:----'--/

_,,_-"

-i'r--,-...c=
'/

-95.00/-/Tj-100.000

Ifl

IY.

Figure

S. Noise

modulation, good channel (same as Figure

AUDIO PRECISION A2DNOIl1
-70.00

BANDPASS(dBw)

v.

channel

2,

eB. ee

10).

.
'

BPBR(Hz)

75.00

II±Y

.IAN

01

80 00:26:00

'1------1v

.....,.............f..--

í'

''"

'

1

--.---1:--.,-",..3.;
11,..,

-85.00

-90.00t-

-

y.r'-'

I

I
j -á-_

-

.

:3,

'->' "-Y.l
.
_i=,=--i:::----_-

-1-,k---;."--

-

Iy

95 B0
.

r-!i'

lI

-100.0500

Ik

101,

Figure 6. Noise modulation, poor channel (same

AUDIO PRECISION AIDNOI14 BANDPAtiS(.IBM1
70.00

v.

.:NI.

as Figure 3 channel II).

lil

BI'8R1N>>

.IAN 80

00:46:54

-75.00

80.00

-

85. O

lf
90.

i>,

,J

1

r%`

Figure

7. Noise

noise modulation test measures the
background noise, the signal amplitude
does not enter into the measurement and
cannot mask poor performance.
How does it sound?
This effect is an audible pumping of the
noise with changing signal level, similar
to the noise a bad compressor or expander causes. The audibility depends on
how far away from the signal frequency
the noise modulation occurs and the
resulting masking effects in the ear.
Pioneering work by Louis Fielder at Dolby
Laboratories indicates that a noise floor
modulation of less than 2dB is desired for
inaudibility of this effect.
If you want to experiment with listening to this effect, you can pull out your
digital recorder and apply a low-frequency
tone to the input. Run the output through
an equalizer with a sharp, low cut and
listen to the output. Crank up the gain and
listen to the background noise while you
change the input level. To make it more
musical, you could try using a low piano
note or a string bass note and listen to the
noise floor as the note decays. Try to get
a good S/N ratio on the signal going into
the recorder so you don't add dither to the
signal. Don't be surprised if some channels of the machine sound fine and some
sound poor.
RE/P
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linearity test in Figure 3 shows an equally poor performance on this test in Figure
6. The noise modulation over most of the
range is 5dB with a worst -case deviation
of 10d13. More importantly, the channel
that showed only small deviation from
linearity shows a large noise modulation
in Figure 7. The "inaudible" 1dB deviation
from linearity now shows a fairly hideous
12dB noise floor modulation. (Time to
reach for the tweak tool.)
Addition of an offset voltage to the converter input will not change the results
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Bruce Swedien, Michael, Quincy and the high-power,
ultra- accurate Westlake SM -i Studio Reference Monitors
BRUCE SWEDIEN: "We've lived with these sM -ls
now for a pretty fair amount of time, and I can
honestly say we like them better today than (we did)
the day we walked in here to start Michael's project.
"I've never heard anything like the accuracy of the
combination of the SM-ls and Studio "D ". They are
just like good friends, you can trust them to tell you
the truth. We'll work here with the SM -ls on
Quincy's new album as well."
Bruce Swedien's good friends, The Westlake SM -1
monitors: with their dual 18" active woofers, a 12"
mid -bass, 2" and 1" throat compression drivers, and
a t" compression tweeter, the SM -1 is the world's

most powerful production reference monitor system. As a fully integrated system it yields a full 6 dB
more headroom than typical 15' systems, at +/- 3dB
through the full audio range of 2CHz to 20kHz in a
typical control room. IM distortion is extremely low,
a minimum of 6dB - often as much as 20dB compared
to 2 -way single amp systems.
Westlake monitor systems are the choice in more
than 250 leading professional recording environments worldwide. Any substantial investment in
either new room designs, or updated facilities ought
to include serious consideration of the SM -1 or any
of the family of Westlake reference monitors.

.the Westlake family of high -resolution studio monitors
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Shopping for a
Used 2 -Inch Analog
Tape Machine
By Douglas Beard

A multitrack recorder is a major expense in equipping a
studio. A quick check of the new equipment available and
current prices might lead you to shop in the used equipment market.
Buying a used multitrack

is a little like

buying a used car. Both are complex pieces of equipment that can cost a lot. And
both may look good on the outside while
hiding expensive problems "under the
hood:' But, if you exercise caution, carefully check the condition of the equipment
and do some research before laying down
your hard-earned cash, a used multitrack,
like a good used car, can offer good value.

Know your needs
When looking for a used recorder, you
need to consider your requirements first.
How will you use the machine: as a primary multitrack, as a second machine to
synchronize for large projects, for an additional small studio for "overflow" projects, or for a MIDI /synth room?
Once you clearly understand how you
will be using the machine, you can list
essential features that your multitrack
must have. Do you need an autolocator
and audio channel remote control? Can
the machine be synchronized with SMPTE
time code? What types of machines do
your clients demand?

Where to shop
Possible sources for used machines are
classified ads in trade magazines, equipment brokers who specialize in used

equipment and equipment manufacturers
or dealers who may take "trade -in" machines and offer them for resale. Make
your requirements known to as many of
these sources as possible. We work in a
relatively small industry, and information
travels through the grapevine quickly. The
fact that you are looking for used equipment will get around soon enough.
Douglas Beard is director of technical and marketing services for Studer Revox America, Nashville.
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What to look for
the machine still is in use in a studio,
and if you can actually get to it and check
it out, your task is simplified. In that case,
you'll be able to test it in an operating environment. Look for:
1. Capstan motor. Check the shaft for
signs of wear. Listen to it in operation.
Does it make any "unnatural" noises? Run
it through the full range of the vari -speed
to be sure it maintains lock at the speed
extremes. Is it abnormally slow to lock into speed?
2. Spooling motors. Listen for bearing
noise in fast -wind modes. If the bearings
are noisy, find out whether they are user replaceable or have to be rebuilt in a
"motor shop :"
3. Guides and idlers. Are grooves worn
in the fixed guides? Are the rollers worn?
Do the bearings sound as if they need
replacement?
4. Tape tracking. While the machine is
in the play mode, watch the tape as it
moves across the heads. Does the tape
track straight across them? If not, some
components in the tape path (heads,

deck components by carefully shimming
the problem component.
5. Audio performance. Check frequency response on all channels. If any channels show a drastic roll -off on the high frequency, investigate the heads more closely. Call on a specialist to evaluate the
heads and estimate head life. [See "Testing
the Heads: A Job for the Specialist" on
page 28.] If the heads pass the test, everything else in the audio path is relatively
minor. Listen to each channel while recording with no signal input to unveil any
noisy channels. (Verify that all channels
erase and record.)
Record and play back 1kHz and 10kHz
tones while watching the stability of the
VU meters. If the meters fluctuate more
than ±1dB, look for possible causes such
as worn heads, guide rollers damaged or
at incorrect height, or a worn pinch roller.
Many of these problems are fixed easily.
But knowing about them before you buy
the machine will help you maximize your
performance /dollar ratio.
Check audio switching input/reproduce/sync modes. If the machine has
solid-state switching, chances are that it
operates well. If relays are used, check
carefully and look for intermittent
problems.
All of these points to check apply if you
can get to the machine and operate it. If
the machine you're considering is not "in
service;' then you'll have to take some test
equipment with you to examine it
properly.
If you can't get to the machine yourself,
call on someone you know to evaluate it
in your behalf.

guides, motors) may not be exactly parallel
with one another. In most cases, this problem is not major and an experienced technician can correct it. Usually, the technician will adjust the height or angle of the

Call the manufacturer
the machine you're looking at has an
elapsed -time counter, it will give you an
idea of how much the machine has been

When you hear about a machine that
may fit your needs, it's time to take your
shopping seriously by checking out that
particular piece of hardware and its condition. If you're lucky, you will find what
you're looking for in your city, but chances
are your search won't end nearby. In fact,
your machine may be thousands of miles
away. So, be prepared to put yourself on
a plane, or to make arrangements so that
you can evaluate the machine by "remote"
through someone you know.

If

If

Our greates

There's only one way to build
great reputation. And that's to do it
consistenth: hit after hit.
We set the analog standard with
Ampex Grand Master' 156.11
We pioneered a new digital standard with
lmpex -167 digital mastering tape. And we developed Ampex 406 for
outstanding pertbrnlance in a wide range ofanalog mastering applications.
When it comes to analog and digital plastering tapes, nobody
offers a wider selection.
More great perfbrmers record their hits on Ampex tape than any other
tape in the world. While opinion Illay vary
on what it takes to make a hit, there's no
argument on what it takes to master one.

AM P
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used. If you know people using a similar
machine, ask them about their experiences with it and about the machine's reliability in general.
If you can get the serial number of the
machine, you might be able to call the
manufacturer or dealer to confirm its age

and service history.
Frequently, we get phone calls from people investigating the purchase of a used
multitrack machine. Typically, a caller asks
about the availability of spare parts (a

smart idea) or clarification on model nomenclature (for example, "Is the MK 3 version of the A80 transformerless ? "). Callers
sometimes request the exact age of a particular machine, which we can determine
from the serial number. Generally, we tell
callers inquiring about a used machine
what updates are possible, desirable or
necessary for its optimal performance
and the approximate cost. Most manufacturers will provide this type of information
if you ask.

-

Finally, if callers are contemplating the
purchase of used multitracks and haven't
had the heads tested, we recommend They
do.

Support: is it there?
Machine support varies greatly f-om
brand to brand. Some of the used machines on the market were made by companies that are no longer in business, Finding spare parts for such a machine may
be difficult, and sometimes imposs ble.

Testing the Heads: A Job for the Specialist
Hidden problems in either the
heads or capstan motors can re-

AMP Professional Services, Ft. Lauderdale, FL; and Saki Magnetics,

quire some pretty expensive repairs.
Head replacements can run from
$4,000 to $8,000 for a 24 -track
machine. So it is advisable to have
the heads tested by a specialist to

Calabasas, CA.
The "head specialist" can determine most accurately if the heads
on your machine are OK. Visual inspection of a magnetic head will tell
you little or nothing about its condition. To help you accurately estimate the useful life of your machine's
heads, a specialist can perform a
couple of tests: (See Figure 1.)
1. Inductance. The inductance of
a head decreases as the metal wears
away. By measuring the inductance
of a worn -out head and a new head
from the same manufacturer, and
by comparing the results of this test,
the specialist can approximate the
amount of head life left on the used
head.
2. Tip depth. Tip depth refers to

determine approximately how
much life is left in them.
Head life is difficult to determine
precisely, but a specialist can give
you a good indication if the heads
on your machine will be "opening
up" within a few months, or if they
will serve you for several years.
Several services around the country specialize in testing, repairing
and refurbishing magnetic heads for
audio equipment. A few of the more
widely known services are: JRF
Magnetic Sciences, Greendell, NJ;
Sprague Magnetics, Van Nuys, CA;

the amount of core material remaining at the "tip" of the pole
pieces (gap area) on the head. The
thickness of these pole pieces (tip;
at the head gap determines the mechanical life of the magnetic head.
The precise spacing between the left
and right pole pieces creates a uniform frequency response for each
channel. If the tip is worn beyona
the depth of the gap, the frequency
response of the head deteriorates
drastically. At this point, the only
thing to do is replace the heads.
As you can see from the sample
test report, the specialist's services
are not an absolute measure of
head life. But investing a little cash
for this type of evaluation coula
save you a lot of headaches-anc
a lot of cash -down the road.

Dale

Job Number

Customer

Assembly No

Equipment

The following is a summary covering the condition of your magnetic heads:
STACK

EXPECTED % LIFE

S/N

Erase
Record

THE EXPECTED LIFE IS BASED ON...
E. Measured tip depth after reconditioning
C Estimated tip depth after reconditioning as compared to the
new depth specification

ADDITIONAL SERVICES PERFORMED

Repro
New

75%

50%

25%

Marginal Reject

Optical Alignment
Other:

NOTE: Some tape machines are designed without incoming and /or exit tape wrap
reference points located on the Head assembly While every effort is made
to calculate the exact wrap setting. minor wrap adjustments may be
required during initial installation and setup to optimize performance
Symptoms of this condition will show up as insufficient erasure or slight
instability on the Repro head stack
minimum acceptable performance setting Consult your equipment manual
To insure maximum head life. be certain to check tape path tensions and adjust (reduce) to the

REINSTALLATION:

Your head assembly has been set up and optically
aligned to exact industry and specific equipment specifications Variations do exist
in tape path, tape handling characteristics and deck plate mounting tolerances in
all equipment As a result, minor azimuth adjustments may be required to achieve
phase and optimum performance

Figure 1-Audio magnetic head test report.
permission.
Test report courtesy John French of JRF Magnetic Sciences, Greendell, NJ. Copyright 1988 by JRF Magnetic Science. Reprinted with
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A&R RECORD & TAPE MFG. CO.
AR SHARFF RENTALS
ACOUSTIC SCIENCES

ACOUSTIC SPACES

EDITEL
EDITRON
EDUCATIONAL ELECTRONICS CORP.
ELECTRIC VALVE COMMUNICATION

ADVANCED MUSIC SYSTEMS
AEG AKTIENGESELL SCHAFT
AEG CORP.
AGFA-GEVAERT
AKG ACOUSTIC, INC.
AKIA ELECTRONICS

ELECTRO- VOICE, INC.
EMBASSY CASSETTES
ENSONIQ CORP.
EUGENE ARTS FOUNDATION
EUROPADISK, LTD.

ALESIS CORP.
ALLEN & HEATH BERNELL
ALPHA AUDIO AUTOMATION SYSTEMS
ALSHIRE INTERNATIONAL, INC.
AMEK CONSOLES INC.
AMPEX CORP.
AMTEL SYSTEMS
ANCHOR AUDIO, INC.
ANT TELECOMMUNICATIONS
APHEX SYSTEMS LTD.
API AUDIO PRODUCTS, INC.
APOGEE ELECTRONICS CORP.
APPLIED RESEARCH & TECHOLOGY
APRS

ASHLYAUDIOINC.

CORP.

EVA-TONE INC.

EVENTIDE, INC.
EVERTZ MICROSYSTEMS
EVERYTHING AUDIO
FAIRLIGHT INSTRUMENTS
FENDER MUSICAL INSTRUMENTS
FM -TUBE CRAFT SUPPORT SYSTEMS
FOSTEX CORP. OF AMERICA

You're in
good company
when you
advertise in

ATLAS/SOUNDOLIER
AUDIO ACCESSORIES
AUDIO AFFECTS
AUDIO DIGITAL INC.
AUDIO ENGINEERING ASSOCIATES
AUDIO ENGINEERING SOCIETY
AUDIO KINETICS
AUDIO MEDIA RESEARCH
AUDIO PRECISION
AUDIO-TECHNICA, INC
AUDIORENT
AUDITRONICS, INC.
AURATONE CORP.
AXE ARTISTS X- PONENT
ENGINEERING
B&B SYSTEMS

BARCUSBERRY
ELECTRONICS, INC.
BASF

BENCHMARK MEDIA SYSTEMS
BERKLEE COLLEGE OF MUSIC
BERTECH ORGANIZATION
BEYER DYNAMIC, INC.
BI-TRONICS, INC.
BLACK AUDIO DEVICES
BRUEL & KJAER INSTRUMENTS INC.

BRYSTONNERMONT
BURLINGTON AUDIONIDEO TAPE INC.
CAE/LITTLITE
CANARE CABLE INC.
CAPITAL MAGNETICS
CARVER
CASSETTE TECHNOLOGIES

CENTRO CORP.
CETEC GAUSS
CHIPS DAVIS, LEDE DESIGNS
CIPHER DIGITAL INC.

CIRCUIT RESEARCH LABS INC.
CMS DIGITAL
CMX CORP.
COMMUNITY LIGHT & SOUND
CONNECTRONICS
COUNTRYMAN ASSOCIATES
CREST AUDIO
CROWN INTERNATIONAL
CSE AUDIO
DAN ALEXANDER AUDIO
DBX

DENECKE INC.
DIGITAL DISPATCH
DIGITAL DUPLICATORS
DIGITAL ENTERTAINMENT CORP.
DIMENSION MUSIC LIBRARY
DOD ELECTRONICS
DOLBY
DORROUGH ELECTRONICS, INC.
E -MU SYSTEMS

EASTERN ACOUSTIC WORKS

EASTERN STANDARD PRODUCTIONS

['NGINEER /PRODUCER

(Here are the
companies which
have helped
Recording
Engineer/
Producer achieve

its record year):
FOUR DESIGNS CO.
FRANKFORD/WAYNE MASTERING LABS
FULL COMPASS SYSTEMS
FURMAN SOUND
FUTURE DISC SYSTEMS
GARFIELD ELECTRONICS
GENTNER
GIBSON ACCESSORIES
GMI DISTRIBUTORS
GOLDLINE
GOTHAM AUDIO CORP.
GRD
HARDY CO.
HARRIS AUDIO SYSTEMS, INC.
HARRISON SYSTEMS, INC.
HEID PRODUCTIONS
HILL AUDIO INC.
HY JAMES
IAN COMMUNICATIONS GROUP, INC.
IBANEZ
INTEGRATED INNOVATIONS
INTERSONICS
INTERNATIONAL TAPETRONICS CORP.
JBL PROFESSIONAL

JENSEN TRANSFORMERS
J.L. COOPER ELECTRONICS
JORDAX CALIFORNIA, INC.
JOSEPH F. RASCOFF & CO.
JRF MAGNETIC SCIENCES, INC.
JUICE GOOSE- WHITENTON INDUSTRIES
JVC COMPANY OF AMERICA
K DISC MASTERING

KAHLER DIV. OF APM
KARLBERG ENTERPRISES
KCC AUDIONIDEO
KENNETH A. BACON ASSOCIATES

KLARKTEKNIK ELECTRONICS INC.
KORG USA

KURZWEIL MUSIC SYSTEMS INC.
LA SALLE MUSIC

LAKE SYSTEMS
LARRY QUINN
LD SYSTEMS, INC.
LEITCH VIDEO OF AMERICA INC.
LENCO
LEXICON, INC.
LINEAR & DIGITAL SYSTEMS
LT SOUND
MAD HATTER RECORDING STUDIOS
MAGNEFAX INTERNATIONAL, INC.
MAGNETIC REFERENCE LABORATORY,
INC.

MANNY'S MUSIC
MARSHALL ELECTRONICS INC.
MARTIN AUDIO VIDEO CORP.
MASTERING LAB
MEMPHIS SOUND PRODUCTIONS
MEYER SOUND LABS
MICRO AUDIO
MICRO MUSIC
MILAB
MONSTER CABLE
MUSIC WORKS
MUSICALLY INTELLIGENT DEVICES INC.
NADY SYSTEMS
NAGRA MAGNETIC RECORDERS, INC.
NAKAMICHI USA CORP.
NEOTEK CORP.

NEPTUNE ELECTRONICS, INC.
NEVE INC.
NEW ENGLAND DIGITAL
NIKKO AUDIO
OCEAN AUDIO INC.
OMNI -CRAFT INC.
OPAMP LABS
ORBAN ASSOCIATES INC.
OTARI CORP.

PANASONIC
PHYLCO AUDIO
PIERCE ARROW
POLYLINE CORP
PRISTINE SYSTEMS, INC.
PRO SOUND
PROFESSIONAL AUDIO SERVICES
QSC AUDIO PRODUCTS
QUAD RECORDING STUDIOS
RANE CORP.
RCA TEST TAPES
REMOTE RECORDING SERVICES, INC.
RENKUS -HEINZ, INC.
ROCKTRON CORP.
ROLAND CORP.
ROYAL RECORDERS
RPG DIFFUSER SYSTEMS
RTS SYSTEMS

SAKI MAGNETICS, INC.
SAMSON
SANKEN MICROPHONE CO.
SCHOEPS GMBH
SCV AUDIO
SENNHEISER ELECTRONIC CORP.
SHURE BROTHERS INC.
SIMON SYSTEMS
SKOTEL CORP.
SKYELABS, INC.
SOLID STATE LOGIC
SONY BROADCAST PRODUCTS CO.
SONY CORP. OF AMERICA
SONY PROFESSIONAL AUDIO
PRODUCTS
SOUND & VISION
SOUND PRODUCTIONS INC.
SOUND WORKSHOP PROFESSIONAL
AUDIO PRODUCTS, INC.
SOUNDCASTLE STUDIO CENTER
SOUNDCRAFT USA
SOUNDER ELECTRONICS
SOUNDMASTER INTERNATIONAL
SOUNDTRACS, INC.
SPECTRA SONICS
SPECTRUM MAGNETICS
SPRAGUE MAGNETICS, INC.
STANDARD TAPE LABORATORY, INC.
STANTON MAGNETICS, INC.
STATE UNIVERSITY OF NEW YORK
STEWART ELECTRONICS
STOCKING SCREEN
STORER PROMOTIONS
STUDER REVOX/AMERICA
STUDIO TECHNOLOGIES INC.
SUMMIT AUDIO
SWITCHCRAFT
SYMETRIX
SYNCHRONOUS TECHNOLOGIES
T.C. ELECTRONICS
TANNOY NORTH AMERICA, INC.
TAPE 1
TASCAM DIVJTEAC CORP.

TECHNICAL AUDIO DEVICES
TECHRON
TECPRO, INC.
TEKCOM CORP.
TELEX COMMUNICATIONS, NC.
THERMODYNE INTERNATIONAL, LTD.
TOTAL AUDIO CONCEPTS, LID.
TREBAS INSTITUTE OF RECORDING
ARTS

TRIDENT USA INC.
TROISI EDC
TRUTONE RECORDS
TURBOSOUND, INC.
U.S. AUDIO INC.
UNITED STATES AIR FORCE BAND
UNITED TAPE GROUP
UNIVERSITY OF SOUND ARTS
URSA MAJOR, INC.
VALLEY PEOPLE, INC.
VERTIGO RECORDING SERVICES
W -M SALES CO.
WESTLAKE AUDIO
WHEATSIUNE BROADCAST 3ROUP
WHIRLWIND MUSIC INC.
WHITE INSTRUMENTS, INC.
WORLD RECORDS
3M

ENGINEER /PRODUCER
The technical journal for audio professionals
P.O. Box

12901, Overland Park, KS 66212, 913-888-4664

Other machines may still be in production,
or at least the manufacturer may still support them, so you don't have to worry
about the availability of spare parts.
Machines with modular construction
throughout might offer an advantage.
Modular construction means that a machine will be easy to troubleshoot and
repair, if necessary.
Buying a machine from a foreign manufacturer that no longer exports to the
United States, has left the audio industry,
or is no longer in business may present
other problems. If spare parts are available
at all, they are usually limited to an independent organization that has taken
over the spare parts catalogue from the
original manufacturer. They may be in limited supply and, therefore, costly.
Examining all of these "spares" and support considerations will help you determine the value of a particular machine.

Cash and carry
Once you've decided to buy, you still
have a couple of hurdles to jump before
that bargain multitrack is sitting in your
studio.
The first is financial, and in the used
equipment business, the name of the

game is cash -wire, transfer, cashier's
check. Once the seller has your cash, the
machine is all yours.
Your next concern is transporting the
machine to your studio. Because the
chances are great (virtually certain, in fact)
that the owner didn't keep the original
packing for your machine, the most prac-

tical shipping option is via "electronics"
moving van.
Shipping by an electronics van company
is the means of choice because your machine can be shipped intact without fear
of damage. All of these companies use
"air -ride" vans. They wrap the equipment
in blankets and strap it securely in the van.
Requesting that the machine be wrapped
in plastic (for protection against dust) is
worthwhile, although the moving van is
probably as clean as most control rooms.
An additional benefit of using an electronics van company is that they have the
equipment and personnel to load and unload heavy equipment -something to consider rather than lifting a 300- to
600-pound machine into the back of a
truck. Letting the van company worry
about this problem eliminates your trying
to round up enough muscle from the local
gym to get your machine off the truck and

up or down the stairs to your studio.
Scan the recording studio directories.
You'll notice that there are a lot of 10- to
15- year -old recorders still in use today.
This longevity proves to the shopper that
the release of a new model does not spell
instant death for existing machines.
There are plenty of machines from
which to choose. The appropriateness of
any one of them depends on your requirements. Beyond that, your preferences take
over. The characteristic sound of an older
machine, or some quirk of operation particular to a specific make and model, may
play a significant part in your decision.
In this age of microprocessor -controlled
coffee pots and cars that talk, you might
be the type who prefers to get up five minutes earlier to put on the coffee yourself,
or take responsibility for shutting off your
headlights without being told to do so by
your car. For you, the appeal of a particular "previously owned" multitrack may lie
in the fact it has nothing more exotic than
TTL logic to control the transport, a simple transistor and IC audio amplifier, and
trim pots that you adjust with one of those
little green screwdrivers.

RE/P

TUBE, RACK, STEREO, MIDI,
PERFORMANCE FORMULA FOR OUTRAGEOUS TONES AND SUPERB CONTROL.
Players from Tokyo to LA to Nashville to New York to Hamburg are discovering
Rivera TBR series amplifiers. They're recording smash hit records and touring with
delight. The centerpiece of this is the TBR -1 (6ORMSx2) and TBR -2 (120RMSx2)

amps with our versatile and efficient 2x12 "Q-Cabs':-

Handcrafted in the U.S.A. and
built to last a lifetime

Pull your self together a rack with all your favorite stereo effects toys and condense it
all into one unit. With our all -Tube Preamp and Stereo Power Amps, assignable stereo

effects loops, 2 full independent channels of active and passive eq, RRD
exclusive active pickup compensation
"PCOMP "'", optional MIDI interface,
gobs of rich, lush, tube sustain, rugged
fan cooled steel chassis, all add up to

the only amp of its kind in the world.
Its versatility has no match.

Send $2.00 for Brochure with Full

Specifications. (Please Print)
Name

Address

Send to Musitek International Co
P O. Box 641. Tulunga. CA 91042 -0641
Tel 818 -352 -4800 Telex 857997 RRD TUJ.
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Fax 818- 352 -9775

We don't show you

the lifestyles of the
rich and famous.
We help you

achieve them.
Sometimes, it's fun to peek at
"how the other half lives" in the
world of audio production. And
there are several publications
which give you that diversion.
But most other times, you
need to concentrate on your own
project. You know, the one with
the last -week deadline and the
last- century budget?
Those are the
times you're glad
there's RE/P.
RE/P gives you
the solid, helpful
information you
P.O. Box 12901,

need to get that production
done right. On time. On budget.
And better than anyone else could
have done it.
And, if RE /P can help you
produce an exciting, marketable
sound product, you're one step
closer to a rich and famous
lifestyle of your own.
Or at least a raise.

ENGINEER /PRODUCER
Where audio inspiration becomes sound reality.

Overland Park, KS 66212 (913)888 -4664
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Digital Control of
Analog Tape Machines
By Mark Calice

Design engineers have taken an established product and
applied a new twist that makes the operator/engineer's job
a little easier.

In the

garden of digital delights, digitally
controlled analog tape machines would
seem pretty far down on any list of priorities. After all, this technology does not
eliminate tape saturation or tape hiss. It
also does nothing to improve generation
losses or dynamic range. In fact, it does
nothing to improve the analog format
itself. So why bother? I'm glad you asked.
Here we address something that all innovative technology in the 20th century
has done for us so many times in the past.
The design engineers have taken an established product and applied a new twist
that makes the operator /engineer's job a

little easier.
Analog tape machines still comprise the
vast majority of audio storage media in
use around the world today and will continue to do so into the foreseeable future,
as evidenced by the continuing brisk sales
of such devices. In the future, they will undoubtedly share a portion of the market,
as well as occupy a fond place in our
hearts.

Electronic alignment
Let's define the two basic architectures
in use today: The first system introduced
might be called, for definition's sake, the
"electronic" audio alignment system. Ma-

chines in this category include the Scully
W -12, Sony APR -5002, Soundcraft Saturn,
and Studer A810, A812 and A807. Studer
pioneered the use of this system when it
introduced its A810, 2 -track tape machine.
This electronic alignment does away
with all the potentiometers for audio alignment parameters (such as equalization,
record gain and bias) and substitutes shut-

Mark Calice is product specialist at Otari Corporation. Foster
City. CA.
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Figure

1.

Analog Devices' eight -bit D/A

converter.

tie wheels, or up and down keys. These
configurations enable you to step the
digitally controlled "trimmer" values up
and down manually for the correct results
as measured on the VU meters or with
outboard test equipment.
By eliminating the potentiometers, any
possibility of the trimmers going bad or
becoming noisy under heavy use is eliminated. No more stripped screwdriver slots
or bent trimmers, and you'll never turn the
wrong pot or replace one again. It's a little surprising, the first time you encounter
one of these machines, to open the panels for adjustment and find no trimmer
holes on the front of the audio cards.
In addition, the system lets you store default or user -selected digital trimmer values in non -volatile memories, thus allowing entire setups to be recovered at the
next session or to recall different tape formulation settings when switching between
different brands.
This ability makes the system userconfigurable and contributes to increased
efficiency during machine setup. The Sony
APR -5000 series took this concept one
step further by allowing head stack swapping to retrieve the settings automatical-

ly for that tape /head stack configuration.
This "intelligent" head stack is equipped
with an eight- section "identity code" DIP
switch, which allows you to program information concerning the number of
tracks, speed range, tape width, tape type
and three different alignments per speed.
The Studer A820 series shares this feature.
This class of machines is a great step forward for the maintenance and session engineer, but, except for the memory recall
functions, this system does little more than
allow you to put away that tweak tool,
which you can never find when you need
it. You still must adjust every parameter
on every channel separately, and each machine differs as to how many memory locations are available for each speed.

Automatic alignment
We'll call the second system the "automatic" audio alignment system. Machines
in this category include the Otari MTR-20,
MTR-100A, Studer A820 -2 and the
A820-24. This system includes all the advantages of the first system and adds the
capability for the machine to automate all
of the record and repro alignments with
minimal human intervention. Of course,
the automatic function can be bypassed
for manual adjustment, if necessary.
Otari's MTR -20 was the first machine to
have this feature. No provision is made to
automate the reproduce section on this
machine, so all playback alignment needs
to be done manually. The MTR-100A and
Studer's A820 series have added the capability to automate both the record and
reproduce alignments.
These auto alignment tape machines
have one or two additional microprocessors dedicated to the control of the audio
electronics. Inexpensive eight -bit D/A converters (typically an Analog Devices

AD7524) are used in different circuit configurations to implement different functions. (See Figure 1.) DACs are used instead
of voltage-controlled amplifiers (VCAs) to
allow more precise adjustments with less
noise and distortion.
Digital audio use dictates that the DACs'
reference voltage input be tied to a fixed
dc voltage. The output conversion will
then consist of discrete voltage steps proportional to the digital data input. In some
cases, the audio input voltage is applied
directly to the chip's reference voltage input, and the ladder network is switched
by the CPU to give different overall resistance to the circuit. This configuration
changes the circuit's parameters, depending on where the chip resides in the circuit. Configured as digitally controlled

amplifiers (DCAs), the DAC network is in
the feedback loop of an op -amp, thus affecting the gain. (See Figure 2.) As digitally
controlled filters (DCFs), the DAC network
is in parallel with the series input resistor.
(See Figure 3.)
Because these chips use resistive ladder
networks for conversion by switching resistors in and out of circuit, an eight -bit
DAC provides 256 possible data steps (0
to 255) programmable by the CPU. Error

i
Figure 2. Configured

as digitally controlled
amplifiers (DCAs), the DAC network is in the
feedback loop of an op-amp thus affecting the

gain.

detection also is included in the software
so that the machine can indicate incorrectly aligned parameters if a problem arises
during auto alignment. This capability is
essential because, ideally, the engineer
leaves the machine to do other work while
the auto alignment is in progress.
Each of these machines provides different features for displaying and retrieving
this information. The MTR -100A has a set
of "soft" keys located under a large backlit
LCD. The keys change function as you step
through the menu hierarchy. This topology allows the machine to have many functions controlled by only five buttons. The
software also allows the machine to rewind to the beginning of the alignment

section and lay down session tones according to a preprogrammed setup. The display
can show each trimmer's decimal number
currently in use or can show and recall
comments the operator entered to identify setups. This capability is helpful in comparing before and after adjustment values.
Assuming there are no other mechanical
or electrical problems, these trimmer
values could be used as a gauge for head
wear.
The Studer A820 -24 displays its information on the overhead meter panel. The
company has elected to display trimmer
information in the more compact hex format (0-9, A -F) rather than as decimal numbers. [For more information on hexadecimal notation, see April's "Understanding
Computers"-Ed.j So, only two numerics

are needed to represent numbers larger
than 99. The A820 series also allows you
to download the trimmer values through
their RS-232C port to a computer or as an
FSK audio signal for storage on an open
track of the session tape itself.

Alignment sequence
Because adjusting high -frequency equalization affects the overall gain, engineers
always follow a certain alignment order

...

MOVING?
TAKE US WITH YOU.

Just peel off your subscription mailing
label and attach it to the address
change card inside this issue. Please
allow 6 -8 weeks to process your
address change.
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to minimize the amount of repeat adjust-

ment needed. This order usually consists
of first performing the overbias calibration
followed by a personally preferred sequence of remaining adjustments. Because
the engineer chooses to relinquish the
alignment chore to the machine, it would
be nice to know that the recorder is attempting to do as good a job as the engineer would be able to do himself. To that
end, these systems also follow certain sequences to ensure the most accurate results. As an example, the Otani MTR-100A
adjustment sequence for full auto record
is as follows:
1.

bias

2. gain
3. EQ mid -high
4. EQ high
5. gain
6. EQ mid -high
7. EQ high
8. gain
9. EQ mid -high
10. EQ high
11.

phase compensation

12. EQ low
13. gain

These systems require that all mechanical alignments, such as head and tape
path alignment, have been done properly. You must also manually set the input
level audio alignment and calibrate the internal oscillator and VU meters correctly
so that the machine has the correct reference levels. (Yes, you still need to bring
your skills with you to work.)
Bias is the first adjustment done to provide the basis for all subsequent adjustments. The MTR -100A does three sweeps
for each parameter. The first sweep proceeds full range from 0 through 255 but
only outputs every fourth DAC data value
so that the CPU can quickly find the peaks
and determine a restricted range for the
last two sweeps. This peak reading corresponds to a decimal number, and that value is temporarily stored in RAM for comparison. (The value is determined by a
level comparator for gain, equalization
and bias and by a zero-crossing detector
for phase compensation.) At the beginning
of each ramp -up, the oscillator outputs a
250Hz marker cue tone for about 50ms.
This tells the CPU that valid data follows.
The last two sweeps step through every
DAC data value, but only in a restricted
range determined by the previous sweep.
These last two sweeps "fine -tune" the adjustment. This scheme ensures that the
final alignment is as accurate as possible.
There are other distinct advantages to
automating alignments on an analog tape
machine. To achieve the highest -possible
recording quality, it is necessary to adjust
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Figure 3. As digitally controlled filters (DCFs),
the DAC network is in parallel with the series
input resistor

the record gain, equalization, bias and record phase compensation for each tape formulation. If an automatic alignment is carried out at the beginning of every reel of
tape, each reel will be optimized. If all
tapes of a particular brand or type were
uniform from one batch to the next, such
an alignment scheme would not be a benefit and the "electronic" system would suffice. Alas, the real world. This benefit
alone will be worth the price of admission
to some.
The different requirements for each of
the auto adjustments normally would necessitate using various external test equipment. To assist in automating the entire
record alignment, a microprocessor controlled sine /square wave oscillator is
provided on- board.
The speed with which these systems operate is awesome. A total 24 -track record
alignment takes less than five minutes!
You don't have to run back and forth to
the console to change frequencies and
check levels. Even in manual mode, the
alignment takes much less time.
If you will be using the optional Dolby
or Telcom noise reduction cards in either
the MTR-100A or the A820 -24 machines,
the automatic alignment systems will also
calibrate the noise reduction input /output
levels automatically, if you wish.
All record adjustments are referenced to
the playback head reproduce signal, just
as they are in manual record alignment
on a conventional machine. The final results of the auto record alignment can only
be as accurate as the repro adjustments
made during auto reproduce alignment.
Completely automated reproduce alignment would require some type of standardized reproduce alignment tape available in all formats, flux levels and equalizations with standardized frequencies, durations and order. Most engineers worldwide would have to agree on all these variables and the chances of this happening
are, well, let's say not likely. So, the auto
reproduce systems are not totally foolproof. You must tell the machine what parameter you want it to align, (such as repro
gain, repro high frequency or repro low

frequency) and then play the correct frequency from your test or session tape. You
then are free to select the frequencies you
would like the machine to align with-a
small price to pay for the speed and repeatability gained.
The resolution of the digital gain and
equalization trimmers seems to be, on the
average, ±0.1dB, depending on where it
lies in the range of adjustment. It approximates a bell curve with the extremes at
about +0.15dB. Most engineers seem to
agree that this resolution is adequate, considering that a given reel of tape can
change much more than that amount
from one end to the other. However, the
accuracy with which the machine aligns
itself is a function of the DAC and
associated circuitry. This seems to have
settled at an average around ±0.25dB for
the moment. Of the engineers polled, 50%
say this figure is adequate, and the other
50% say they go back and manually tweak
individual parameters to their liking. They
also state they still let the machine do
most of its auto alignment for very repetitive functions, such as bias, because the
machine can do them much more quickly.
All these features-full record and reproduce auto alignment, the ability to corn pensate for every individual reel of tape,
greater speed in setup, consistent setup accuracy, memory backup of audio settings,
elimination of mechanical potentiometers,
use of DACs instead of VCAs, built -in error detection, automated setup oscillator
and the ability to align input /output noise
reduction levels automatically-combine
to provide the engineer with an impressive
arsenal of helpful functions.
The benefits and the consistency with
which these machines can align accurately far outpaces any manual method of
alignment and allows the technique of
digitally controlled audio alignment to
really shine. In the future, perhaps any
number of cutting -edge computer technologies will be incorporated into our machines. Artificial intelligence and voice
recognition may revolutionize our industry. Once you add your variables to the
program, you could prepare your session
by talking to your machine:
Engineer: "Computer ?"
Computer: "Working:'
Engineer: "Please align for my tracking
session."
Computer: "Align for Argon Advertising,
or The Rad Brothers ?"
(Most of us already talk to our
o
machines.)

IPI

Reference.

Maruyama, K. and Ross, fl An Implementation of
Computerized Record Adjustments for an Analog Tape
Recorder."
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Engineer Interview:
Bruce Swedien
By Bridget Balthrop Morton

"... The only reason we're in the studio is for the music.
Nothing else. Nobody ever left the recording studio humming
the speaker or the control console or the tape machine -only
the music:'
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Bruce

Swedien's recording career began
when he was 10 years old when his father
gave him a disc recording machine. By
age 14, he was working part -time in a
small Minneapolis studio, and he's been in
the business ever since. An acknowledged
master, he has crossed all barriers and
recorded everything from classical music
to commercial jingles and film scores. In
the process, he's had seven Grammy
nominations for his pop music recording.
He's won two, for Michael Jackson's
"Thriller" and "Bad." At the time RE/P
talked with Bruce, he was preparing
another cut from "Bad" for single release
later this year.

RE /P: Can you tell us why you still frequently use a 16 -track analog tape

And, I think it affects
the sound of my work.
as a personal choice.

machine?
BS: The common format for multitrack
analog recording is 24- track, but 16- track,
2 -inch analog recording, scientifically, is
vastly superior. There's a slight gain in
track space for each track, so sonically,
there's an improvement in the sound. I use
my 16 -track at the studio almost every day,
or whenever we're recording drums and
percussion, and I've done that for years

RE/P: What precisely is the effect?
BS: The signal-to-noise ratio is vastly
superior on 16- track, so you have the advantage of not having noise reduction between the tape machine and the music.
That equipment will color the sound, but
that does not happen with 16-track. And
because of the greater track size, the
transient response is vastly improved. So,

RE/P: If you were going into the studio
tomorrow to record Michael Jackson, how
would you approach it?
BS: If we were starting with the rhythm
track, that concept would already be pretty well in hand, but it kind of grows. Every
piece of music is different. You want an
example?

More Sound Reasons
To Sample Prosonus

RE /P: Sure.
BS: The first song that we released as a
single from the "Bad" album was Michael's

duet with Siedah Garrett, "I Can't Stop
Loving You." Michael wrote the song. We
decided, probably Quincy more than
anybody, that this would be a perfect song
to record with the whole rhythm section
live. So we had microphones all over the
place. There were two keyboards, two
guitars, a bass and the drums. (See Figure
1.) Michael and Siedah were on the scratch
track together. I think we overdubbed
some percussion and strings. That's quite
different from another song that might be
recorded all with synthesizers.
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RE /P: You have very particular opinions
about the mics you use. Can you tell us
about that?
BS: Microphones to me are like musical
instruments. Each microphone, and, in
fact, individual microphones within a
model or a manufactured type, will have
its own color or its own characteristics. I
have 14 Anvil cases full of mics that I've
been collecting since the beginning of my
career. I have two microphones that I
bought in 1951. They're Neumann 247
tube types. As a matter of fact, I used one
of them on Michael for the "Bad" album.
I've been engineering so long that I can
listen to people speak and know what
mics would work best on their voices.
That's a big help. I don't waste a lot of time
in the studio trying different microphones.
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Bridget Balthrop Morton is a free-lance writer and teaches
at Florida Institute of Technology in Melbourne, FL.
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A

Career Built on
Collaboration

you record the steep wave front in as close
to its natural condition as possible. Lately, a lot of people have picked up on the
fact that I use a 16 -track in all my work.
Maybe I'm about the only guy that bothers

with it.
use it in a unique way, though, in that
once have the sound of the percussion
recorded on the 16- track, I then transfer
it immediately to digital. So what happens
is similar to taking a high -quality motion
picture camera and right next to it putting
a video camera, equally high -quality, and
with both these cameras you photograph
the same object. You then play back the
35mm of this thing, and it's beautiful; it's
soft and it looks wonderful. Then you play
back the video, and it's not beautiful; it
looks hard. The clarity is there, but it's not
the same.
To me, this example is similar to the difference between analog and digital. With
analog you get sort of a beautifying effect,
a quality to it that is very appealing. One
other thing happens that think is just incredible, that also happens with motion
picture film. You can take that 35mm film,
and once you've photographed that object
and transferred it to videotape, it still looks
fantastic. The same thing happens with
analog and digital.
So, once I've recorded the drums and
use analog
percussion, or whatever
recording for, then transfer it to digital,
but it retains that analog quality. Once it's
in the digital domain, it's miraculous what
you can do with it.
I

The list of artists Bruce Swedien
has worked with reads like a "Who's

Who" of music in the 20th century:
Duke Ellington, Tommy Dorsey,
Lena Home, Sergio Mendes, George
Benson -the list goes on and on.
Bruce admires artistry and professionalism in the musicians he
records. Nowhere is this tact more
evident than in his relationship with
Quincy Jones.
The two met in 1958 while Bruce
was working in Chicago with

Universal Studios.

Both had

classical training and were committed to pop music. According to
Bruce, their collaboration has
always been founded on tremendous mutual respect. "We have an
affinity for each other and the space
we occupy together, "he says, adding that Quincy's approach to
music is "kaleidoscopic. He's one of
the few people 1 know in the
business who always has the big
picture in focus."
When Quincy produced "The
Wiz" in New York, Michael Jackson
played the scarecrow and Bruce
Swedien recorded the soundtrack.
Another long-term collaboration
was born. Bruce says Michael is a
"consummate artist. We've been
working together more than 10
years now, and Michael is constant-

ly growing. He'll sacrifice anything
for the quality of what he does."
Bruce calls himself a born detail
man." He frequently focuses on one
kind of detail: He gives credit freely
and generously when he believes it
is due. During this interview, he
praised his wife, Bea, who is his
business manager, and his parents
for their influence on his career. He
volunteered that Bill Putnam, with
whom he worked 30 years ago in
Chicago and whom he still sees occasionally in Los Angeles, taught
him the most as an engineer.
"Bad" received five Grammy
nominations, but the only award it
won went to Bruce Swedien.
Somehow it's no surprise that he
says, "1 wish 1 could give mine to
Michael and Quincy."
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my 16-track analog, the outputs of that are
connected directly to the inputs of the
digital. So, the first 15 tracks go to independent channels. There's no mixing involved.
With synthesizers, I record direct to
digital. If the sound is originally produced
digitally, it seems to record well digitally.

I

I

I

I

RE /P: Can you describe

a

particular cut

where you used that technique?
BS: "Man in the Mirror" would be a great
example, where I recorded all the drums
and percussion on the 16- track. There's a
snare drum sound that f made up of a real
snare drum, and to that we added a handclap sound. That has a tremendous transient noise, and had I recorded that directly to digital, it wouldn't have sounded like
it does. It would have been gritty or harsh.
But with the 16 -track analog, it has the

strength and the energy, and it also has
a sonic quality that makes it very
appealing.
RE/P: Can you be more specific about the
value and performance of digital as opposed to analog equipment?
BS: I use them both and have favorite applications of each. If you want to address
one specific phase of my work directly,
generally speaking, I always mix to 2 -track
stereo digital. My favorite machine system
is the Mitsubishi. When mix, I mix to the
Mitsubishi X-86 digital, 2 -track master
recorder. My multitrack digital machine is
a Mitsubishi X -850 32 -track recorder. With
1

RE/P: What about vocals?
BS: don't like what happens to the sound
I

of vocals digitally recorded. So I record all

my vocals on 24 -track analog. When do
backgrounds, I will premix in stereo pairs
on two or four tracks of the digital tape.
I call it premixing because, in pop music,
mixing is a lot more that just balancing.
And, really, all you do at that early stage
is balance harmonies. There are no hard
and fast rules.
1

RE/P: What's you opinion on R-DAT copy
protection?
BS: Boy, that's a hard one. Part of me
understands the problem of copyright protection, but then there's the technical part
that says I don't want anything in the way
of the music. I want the music to be
reproduced with as much clarity as possible. And all the copy -protection devices
offered so far will affect the quality of the
music.

RE/P:

So if you were making the decisions, what would you do?
BS: I wouldn't have it. But believe me, I
do understand the other side of the story.

RE/P:

Can you tell us about your
acusonic" recording process?
BS: " Acusonic" recording, or my way of
multiplexing multitrack tapes, allows me
to record a lot more stereo pairs of tracks,
and to keep those tracks as discrete sonic
images in the final mix. To give you an
example, when 24 -track tape came out,
I thought, "My God, a 12 -track stereo!" But
"acusonic" recording is just a term that
Quincy and I came up with to describe
that organization process. It's not a little
black box. It just describes my technique.
'

RE /P: When did you start using this
technique?
BS: About 10 years ago. I'd been dabbling

with it long before, but it never really
started happening until Quincy and
started doing movies and records where
wanted to create more real stereo in the
pop music we were doing.
I

I

RE /P: What were you aiming for?
BS: Purely emotional value. It's to present
the piano in stereo, and the vocal
background in stereo -I'm talking about
true stereophonic, not somebody's idea of
what stereo is. True stereophonic record-

Table I. "I Just Can't Stop Loving You" duet, Michael Jackson and Siedah Garrett.

Microphone used and Input designation (live tracking session)
lead vocal (Michael)
(Siedah)

Neumann U-47 tube
Telefunken 251 tube

acoustic piano (John Barnes)
acoustic piano (John Barnes)

AKG 414 ES-left
AKG 414 EB -right

DX-7 (Greg Philenganes)
DX-7 (Greg Philenganes)

direct AXE
direct AXE

8.

synthesizer ( "Hawk" Wolinski)
synthesizer ( "Hawk" Wolinski)

direct AXE
direct AXE

9.

bass (Nathan East) bass transformer

UTC-LS-10X

guitar (Danny
guitar (Danny
guitar (Danny
guitar (Danny

direct AXE
direct AXE

1.

2. lead vocal
3.

4.
5.
6.
7.

10.
11.

12.
13.

drums
drums
16. drums
17. drums
18. drums
19. drums
20. drums
21. drums
14.
15.

Huff)
Huff)
Huff)
Huff)

(overhead L)
(overhead R)
(kick)
(snare)
(hat)
(tom)
(tom)
(tom)

RE /P: Do you believe in enhancing the
sound, or do you go after the recording
process from a strictly clinical approach?
BS: I hate the clinical ¿pproach. My early years in the business as a recording
engineer, and indeed my musical training,
were in classical music. To be honest with
you -let me say this as nicely as I can
bored me. I love classical music, and I have
my favorites (Vivaldi, and Satie, and
Respighi), but recording classical music
always seems to me like...taking dictation.
The most that we can do is recreate the
original sound field. There's no room for
the engineer to exercise imagination or
creativity in the clinical approach.

-it

AKG C451
AKG C451

Neumann U -87
Neumann U -87
Sennheiser 42
AKG C451
N'Dugu
(Leon Chancellor) AKG C451

Neumann
Neumann
Neumann

X/Y stereo

ing is usually done with a stereo mic or
two single mics in close proximity to each
other where the early reflected sounds are
heard in their natural order. That's a component that is virtually always overlooked
in recording, the early reflections of the
sound. There are a lot of them, and they're
very, very short in time, but they are a big
part of the naturalness of the sound. True
stereo micing retains the early reflections
in their natural perspe:tive.

U -87
U -87
U -87

RE /P: So, rather than capturing only the
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sound the artists are putting out and
nothing more, you try to satisfy your own

RAISED STAGE AREA
MICHAEL
x

INSTRUMENT
UNLOADING

SIEDAH
x

traditional clinical example of recording

ANNy

choir. I reached back to my old days of
recording the St. Olaf's Choir in Chicago
and Minneapolis for that one. I used my
favorite pair of AKG 414 EBs. 1Wo microphones. Nothing fancy. But it worked so
beautifully in that setting. Twenty people
in that choir, and the microphones did all
the mixing. (See Figure 2.) I just opened
up the pots and sat back and listened.
Now that is the clinical approach. But
the real trick is knowing when to use it
and when not to.
a

NAtHAt
EpS

SOUND
LOCK

ear?
BS: Absolutely. One of the things I like
about popular music is that I can create
sound fields that exist originally only in
my imagination. They do not have to exist in reality. To me, that is exciting.
I was really fortunate in those years of
recording classical music and choirs in the
early days of my career, in that, frequently, a very clinical approach, when balanced against the creative approach,
makes a wonderful contrast. It gives the
music a ground, so to speak.
A perfect example is the choir recording
in "Man in the Mirror :' That is the most

O

O

O DRUMS

N'DUGU

RE/P:

STUDIO D

HIGHLY MODIFIED, 60- INPUT,

So, you think learning good micing technique is important for younger
engineers who have grown up with
samplers and synthesizers?
BS: A lot of people forget that a good sample can originate with a microphone, and
many times it does. So, if they don't know
good microphone technique, their samples
are obviously going to suffer.

HARRISON MR -2 CONSOLE

RE /P: How do you go about learning
good microphone technique?
BS: That's a tough one. I think a beginning engineer should go out and listen to
good acoustical music in a good acoustical
environment. When I give seminars,
stress this. The ear has to have a benchmark to really know what music should
sound like. You don't have to be micing
it to get the critical ear training. That is
the most important and the first step in
an engineer's education. Then experience
in the studio is the way you correlate that
with what goes on the tape. Micing is a
way of achieving those emotional values,
but it's subsequent to that ear training.
1

STUDIO D CONTROL ROOM

SYSTEM
INTERFACE

PRODUCER'S
OFFICE

v

COMPUTER
ROOM

RE/P: Do you credit your training on early equipment with helping you develop
your technique?
BS: I think so. When I started recording
in Minneapolis and Chicago, we didn't
have much in the way of equipment.
There was no such thing as equalization.
if you were going to brighten up sound,
you had to do it either with a different
So,

Figure

40

1. Westlake studio D,

"I Just Can't Stop Loving You" setup.
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During the past year,
18,889 audio production
pros like you subscribed
or renewed their
subscriptions to RE/P.
With good reason(s).
pi +ooM

"Every issue of RE/P is must reading." G.S.,
Senior Producer.
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"The Interconnecting Audio article should be required reading for anyone with two or more
pieces of gear." J.H., Production Manager

"RE/P's AES Show Directory was the most useful I've seen in any magazine!" F.W., Director
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"Your columns and advertisements are a constant
source of information on new and improved
equipment and procedures." C.V., Engineer
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"Excellent articles on compressors, digital recording, microphones, studio wiring -- everything!"
K.V., Audio Engineer
"I especially appreciate your staying on the cut-

ting edge of the digital technological advancements in the sound recording field." W.H., Sound
Consultant

"RE/P is the only magazine I read cover to cover
as soon as it arrives." R.G., Engineer/Musician

It's technical. It's operational. It's business. It's now. Recording Engineer/Producer -monthly "must reading" for the professional audio production industry.

P.O. Box 12901, Overland Park, KS 66212 (913) 888 -4664

ENGINEER/PRODUCERWhere audio inspiration becomes sound reality.

Discography
list of arand commercials Bruce Swedien has
engineered and/or produced. The
complete list is 16 pages!
The following is a partial
tists, albums, soundtracks

-

Herb Alpert "Blow

Horn"

Artists:

Own

--

-

Patti Austin "Every Home Should
Have One"

Sarah Vaughn
Tommy and Jimmy Dorsey
Dinah Washington

Soundtracks:

Diana Ross
Nat "King" Cole
Natalie Cole
Roberta Flack
Donny Hathaway
Rufus and Chaka Khan
Patty Austin
The Chicago Symphony
Woody Herman
Duke Ellington

"The Wiz"

"Nightshift"
"Running Scared"
"The Color Purple"
"Roots"

Miller
Michelob
Wrigley Gum
General Motors
Kellogg's
General Mills

Quincy Jones -"Roots," "The Dude,"
"I Heard That"
Jennifer Holliday "Say You Love

- "Rhyme

Me"
Missing Persons

Standard Oil

Braniff
Vick's
7-Up

and

Reason"
The Jacksons -"Victory"
Sergio Mendes "Sergio Mendes,"

is

your opinion of near-field

BS: The real crux of the situation is that
the near -field speakers are closer to the
ear than to any acoustical border, so
there's less reflected sound. In near -field
monitoring, I always monitor at a fairly
soft level. It's closer to what we use in the
home. My feeling with mixing, and, indeed, with all of what do, is that we make
these recordings to be listened to in the
home, and not in the studio. The ultimate
test is at a home -listening level on close

RE /P: How about main monitoring?
BS: I use main monitoring for normal
recording.

McDonald 's
Procter & Gamble

-

RE /P: What
monitoring?

to average speakers.
I always use near-field monitoring in the
final mix. I always use both JBIs and
Auratones. With my JBL 4310s, I try to
keep it at an SPL of no more than 83. The
buss peaks are +3. With the Auratones,
I adjust speaker levels for an SPL of 80,
and buss peaks of +3. I adjust SPL resultant peaks accordingly, if lower buss peaks
are to be used. I use a Simpson (Type 2)
SPL meter.

Budweiser

-

ten it.

1

Commercials:

Michael Jackson "Off The Wall,"
"Thriller," "Bad"

"Confetti"

Your

James Ingram -"It's Your Night"
Donna Summer "Donna Summer"
George Benson "Give Me The

Night"

Albums:

microphone or with some other method.
That training kept me from getting really
lazy in the studio, and I've never forgot-

Pepsi -Cola
Levi Strauss & Company

RE /P: Do you have a favorite system?
BS: I prefer the Westlake Audio SM
monitoring system, the speaker Westlake
Audio has installed in Studio D. It's three
main speakers with a five-way system, and
the whole system uses 3,000W of
amplification. Each speaker consists of
two 18 -inch woofers, a mid -bass speaker,
two compression drivers and a
1

Two AKG C-414 EB microphones placed one above the other in omnipattern, no Ea, no com-

pression, using Studio Tecnology's Mic Pre -Eminence direct to tape.

0

o

0

o

super- tweeter.
The basic system is a 35 -cubic-foot
enclosure, and it's all built to extremely
exact mechanical specifications. To my
knowledge, it's one of the widest -

o
o

o

o

o

bandwidth,

non -custom speakers
available. The bandwidth is from 18Hz to
20kHz.
But being in the business as long as
have and working in as many studios all
over the world as I have, I've tried to learn
not to listen to the speakers, but to try to
listen through them. That's a real trick. A
lot of people in my line of work get very,
very hung up on speakers, and will only
work with one kind of speaker. I've tried
never to be that intimidated by the equipment. My opinion has always been that
the only reason we're in the studio is just
for the music. Nothing else. Nobody ever
left the recording studio humming the
speaker or the control console or the tape
machine -only the music.
1

o

o
o

o
o

o
o
Figure 2. Westlake studio
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RE /P: Describe the role of your second
engineer.

BS: I rely on him very heavily, always with
guidance in the beginning, but not for any
of the creative aspects of what I do. I still
place all the microphones myself. With
second engineers, I have an incentive pro-

gram: One mistake and you're through.
I'm probably a little hard on them. But all
the ones who have lasted more than a
year with me have gone on to be very successful engineers on their own.
The second engineer has to be a fanatic
for detail. He's responsible for logging
tapes, technical details with the equipment, alignment procedures. I give my
second engineer a print -out from the
Macintosh for his daily responsibilities, setting monitor values, tape speeds and
alignments, tone levels and so forth.
My current second engineer is Brad
Sundberg. He's 6'3" and very strong. I also
look for physical strength, because we
work long hours. Staying power is very important to me. I have been known to go
through two and three second engineers
in one mix day, but I prefer just to have
one guy who can hang in there with me.

RE /P: What technical trends would you
like to know more about or get into more?
BS: I'm a Macintosh fanatic. I really want
to get into MIDI archiving. In my work,
I get a lot of incredible keyboard players
in the studio, anybody from Jimmie Smith
to Oscar Peterson, and what I want to be
able to do is have them play a MIDI instrument during the session, and record
that performance in the Macintosh. Then,
later on, I can sit and use that digital information and get the perfect synthesizer
color or sound on that performance
without having to do that during the
performance.
Quincy and I frequently describe synthesizer recording as being like painting
a 747 with a toothbrush. It takes a long
time when you're as fussy as we are, getting that color, or timbre, right. SMPTE
time code lets us take many different formats of recording devices, and even
musical instruments, and run them
together.
With SMPTE and MIDI instruments, I
can recreate a performance on a different
instrument. If you sit with a performer,
and maybe the color doesn't fit just right,
maybe we can't get the ultimate emotional
value out of it, by the time we screw
around with it, everybody, including the
performer, has gone to sleep. The performance won't be a fraction of what it would
be if you could get the spontaneity. So, we
set up a synthesizer that will send MIDI
information and get a color that will work,
but it's just not perfect. So, you just have

them play it 'til you're pleased with the
performance, and then we have that in
MIDI archive, and later on I can go back
and get exactly the sound I want.
I've always been interested in taking a
sound and running it through a device to
enhance or change it. But, remember, all
music is conceived to be heard with
acoustical support. The synthesizer is
nothing more that a representation of the
orchestra. It doesn't have to sound
anything like the orchestra to be that

representation. In essence, I guess I'm saying that music is organic. We respond :o
it emotionally by hearing things balance
and sound in a specific way that elicits a
different emotional response in the
listener. But, even if you want to change
that sound, you have to know what the
real thing sounds like first. One of the
things that bugs me is that the real.y
technical people forget that all you can do
with music is listen to it. We don't eat it.
You have to keep that in perspective.

Silence is Golden and
less work with telcom c4.

The NR system
you just set and forget.
A product of ANT Telecommunications, Inc.
No wasting time lining up

-

not even for tape exchanges.

-

the widest dynamic range
Jp to 118dB dynamic range
available in any noise reduction system today.
No pre or post echo.

Over 15,000 channels in
use worldwide.
No breathing or pumping.
No

overshooting.

telcom c4
Silence by Design

Distributed by

RAM BROADCAST SYSTEMS INC.
346 W. Colfax Street, Palatine, IL. 60067
New York (516) 832 -8080

Chicago (312) 358 -3330

Tennessee (615) 689 -3030
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Hands On:
Analog Noise Reduction
By Jim Rogers and Jeff Dennerline

Spectrum Studios evaluates Dolby A, dbx,
Telcom and Dolby SR.

100

l0Y

201

Figure 1A. Frequency response of ATR-102 h-inch machine at 30ips.

We are in a wonderful period in the
history of recording with technology taking quantum leaps about every six
months, it seems. Digital recording was
created roughly 10 years ago and now that
we can razor -blade-edit digital tape
without any trouble, the old analog tape
recorders are being used less and less.
However, those old analog recorders still
have merit. With a good noise reduction
system, they can become almost as powerful (and in some ways, more powerful) as
the "number- scramblers" out there. Thus,
another look at encode /decode noise

Jim Rogers is chief technical engineer, and John Dennerline
is a staff engineer at Spectrum Studios, Portland, OR
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Figure 2A. Frequency response of Dolby A-type system, no ATR. (Note
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Figure 3A. Frequency response of dbx system, no ATR. (Note expanded scale of ±1dB)
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Figure 4A. Frequency response characteristic of 7élcom c4 system, no
ATR. (Note expanded scale of ±1dB)

reductions systems is in order.
Dolby A The first of the modern noise reduction systems came out in 1966 with
the introduction of the Dolby A -type corn pandor. The first unit was a large, singlechannel device, later to be condensed to
the now- ubiquitous Cat. 22 card.
The Dolby A -type compandor is a four band device with a non -linear compression /expansion characteristic. The four
bands are 80Hz low -pass, 80Hz to 3kHz
bandpass, 3kHz high -pass and 9kHz high pass. The input signal is conditioned
through a 34kHz low -pass filter to prevent
high- frequency interference from entering
the system and affecting the compandor
circuitry. In its encode mode the corn-

IB

íeipònse
scale

1011

704

uòipuñtded

of ±1dB)

pressed signal is combined (in a feed forward manner) with the original signal
and then fed to tape. In its decode mode,
the expanded signal is subtracted from the
full component signal (original plus compressed signals) in a feed -backward
manner.
Dolby A -type noise reduction is available
in Cat. 22 card form (for 361 single channel units and M series multichannel
main frames) and in the Dolby SP and XP
series multichannel mainframes. The
Dolby A-type system claims an unweighted noise level 75dB below Dolby
Level (reference fluxivity level of the tape
recorder) and a frequency response of
30Hz to 20kHz (±1dB).

100

dbx To offer an alternative to the
Dolby A -type system, dbx decilinear noise
reduction (also known as dbx type 1) was
introduced in about 1972. The dbx noise
reduction system features a 2:1 linear compression slope with complimentary 1:2 expansion. In addition to a straight linear
compression, the system adds high frequency pre -emphasis in the encode
(compression) mode and high-frequency
de-emphasis in the decode (expansion)
mode to reduce tape modulation noise.
Dbx also uses RMS level detection to drive
its compression /expansion circuitry,
because it is least affected by any distortion induced by phase -shift.
Dbx has been and is available in many
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Figure 4B. Phase response of Telcom c4 system, no

ATR. (Note
similarities to Figure 2B, Dolby A-type system. Both are four-band
systems.)

forms. Among them are the 180A and
150X two-channel units and the 911 single card unit (which fits dbx's 900 series rack).
The dbx type I system claims a frequency response from 30Hz to 20kHz ( ±0.5dB)
and a signal -to-noise ratio of 107dB.
Telcom c4-The Telcom noise- reduction
system was developed as a personal project in the early 1970s by an engineer at
Telefunken (Germany). The c4 is much like
the Dolby A-type system in that it is a fourband companding system. (The bands for
c4 are 30Hz to 215Hz bandpass, 215Hz to
1,450Hz bandpass, 1,450Hz to 4,800Hz
bandpass and 4.8kHz to 20kHz.) The compression /expansion ratios are also the
same as Dolby A-type's ratios (1.5:1 and
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Figure 5B. Phase response of Dolby

1:1.5 compression /expansion, respectively), but the big difference is that the c4
compandor circuit has a linear slope.
Telcom c4 noise reduction is available in
the 100, 200 and 300 series two-channel
units, the ES4 four-channel unit, the 400
series multitrack system and in the c4 DM
card, which is Cat. 22- compatible. Telcom
c4 claims a frequency response of 20Hz
to 25kHz (2dB) and a 115dB dynamic

range (A weighted).
Dolby SR The most recent entry into
the realm of noise reduction is Dolby SR.
The Spectral Recording process is quite
complex and involves situation- dependent, dual -band, multilevel, dynamic signal
processing (compression).

SR,

no ATR.

The method used to implement band
splitting is at the heart of the SR process.
Instead of using a conventional fixed -band
filter, the SR process uses fixed- and
sliding -band filters in each of three level processing stages (high -, mid- and low level). The high- and mid -level stages are
further split into high- and low- frequency
stages. The low -level stage only involves
the high-frequency band, where tape hiss
is most prevalent. The stages work in such
a way that when fixed -band action works
best, it is employed, and when sliding band action works best, it is substituted
for the fixed -band filter. Dolby SR is available in card form (Cat. 22 retrofit) in the
Cat. 280 card, as well as the Cat. 431,

which fits Dolby SP/XP series racks. The
SR form of noise reduction claims a usable
dynamic range of 90dB to 95dß, with overall frequency response from 20Hz to
20kHz (±1dB).

The objective evaluation
Items involved in this evaluation were
unmodified (stock items). Three of the
systems were in -house units, and the
Telcom system was provided by ANT
Telecommunications. Units included: the
dbx 180 (serial No. 2006), two Dolby 361
mainframes (serial Nos. 10724 and 10700),
two Cat. 22 Dolby A -type cards (serial Nos.
26111 and 31686), two Cat. 280 Dolby SR
cards (serial Nos. 13 797 and 17 885) and
a Telcom e114 two-channel system (serial
No. 01053). The tape recorder was an
Ampex ATR -102 '/z -inch recorder running
at 30ips with Ampex 456 tape. (Graphs of
its response and noise characteristics are
shown in Figures lA and 1B.)
The goal of this test was two -fold. First,
each unit would be evaluated in and of
itself, and, secondly, each unit would be
connected to the tape machine and
evaluated in a typical -use situation. The
test equipment used for all measurements
was the Audio Precision System One. In
addition to the noise floor measurements,
including ATR and tape, four specific test

The c4 is much like the
Dolby A -type in that it is a

four -band companding
system.

well designed or their action was gentle
enough to keep phase distortion to a
minimum. (See Figure 2B.)
The system THD +N distortion characteristics (See Figure 2C.) seemed, at first,
to be a bit odd with the big bell from 1kHz
to 10kHz. But, this characteristic seems
normal for four -band companding systems. The rise in distortion at the low end
can be attributed to either of two things:
the transformer in the 361 mainframe or

...our

the low -end roll -off filter in the Cat 22
card. (The rising distortion characteristic
in the low enc, coupled with the low -end
roll -off, is provably why some engineers
prefer to bypass their A. -type NR when
recordiig drums on multitrack.)
The real test of any noise- reduction
system is its ability to reduce tape noise.
Figure 2D shows the system noise floor,
and Figure 2E shows the system's ability
to reduce tape noise. Although this system

20 years experience building high -

powered Professional amplifiers right here
in Santa Ana, California, assures you of
Reliability and Direct Factory backup! ...
The new "X2" Studio Monitor Amplifiers
were designed for those applications where
sonic accuracy is the utmost goal. MOSFET

output stages provide Ultra- High- Current
capability for easily handling low impedance
loads...As with all Soundcraftsmen amplifiers, circuits are designed with absolutely
no current- limiting, thus eliminating the
harsh clipping characteristics associated with
current -limited amplifiers....
The PM860X2 Multi -Channel amplifier has 4
channels at 315 watts each into 4 ohms.

The 200X2 is rated at
into 8 ohms 210 into

145 watts per
4 ohms.

channel

The 450X2 delivers 210 watts per channel
into 8 ohms, 315 watts per channel into 4
ohms and 450 watts per channel into 2 ohms.

THD

is less

than 0.05070.

The 450X2M is the same as the 450X2 plus
calibrated LED metering.
The 900X2 delivers 400 watts per channel
into 8 ohms, 675 watts pe- channel into 4
ohms, 900 watts per channe into 2 ohms.

parameters have been chosen: each unit's
frequency and phase response (tested at
0 reference level ( +4dBu) with bandwidth
limiting removed), distortion characteristics (third harmonic distortion + noise,
also at 0 level) and a sweep in the amplitude domain to show system noise (minus
the fundamental frequency vs. amplitude
of the noise). The results shown are from
a 1kHz downward amplitude sweep.
Sweeps at 400Hz and 4kHz yielded similar
results, so the 1kHz data is sufficient for
demonstration purposes.
Dolby A -Based on our technical
analysis, Dolby A -type noise reduction had
the flattest frequency response. (See
Figure 2A.) The low -end roll -off can be attributed to the bandwidth limiting filters
in the Cat. 22 card. (Please note the expanded scale in the figures.) The system
phase response is also fairly decent. In
spite of the low -end performance, the
phase response at low frequencies is quite
good, meaning that the filters were either

220050
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Figure 2C Distortion characteristic of A-type system, no A772.
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Figure 3C Distortion characteristic of dbx system, no

+

1

Figure 4C Distortion characteristic of Telcom c4 system, no ATR

has a very admirable noise floor, based on
test analysis, its ability to reduce the noise
from tape at very low levels is the least
effective of all four systems. However, it
was the first system available, and it does

perform

as specified.

dbx -Dbx

does well compared to the
other systems. The system's frequency
response (again, note the expanded scale)
is within spec. (See Figure 3A.) The phase
response (See Figure 311) is excellent down
to about 100Hz, and then it swings almost
200° in the bottom three octaves. This
response typically indicates either a high pass filter with a very steep slope or an

active balanced input with coupling
capacitors that are too small in value.
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ATR.

Figure

WY

SC. Distortion characteristic

Checking the circuit shows that it is
definitely the steeply sloped high -pass
filter causing this phenomenon.
Dbx uses the high -pass filter to keep extremely low- frequency information, which
causes mistracking, from getting into the
system. The distortion characteristics (See
Figure 3C.) of the dbx system show that
it is a respectable device. The rise in distortion in the low end is most likely caused
by the high -pass filter, while the slight
peak in the high end could be, in part,
from the pre -emphasis /de-emphasis employed to reduce modulation noise.
Compared to the Dolby A-type noise
reduction tested, dbx seems to rely more
on masking (the phenomenon that occurs

of Dolby SR, no ATR.

when program material is at a much
higher level than the tape noise) than its
predecessor. The use of this technique is
evidenced by the gentle slope in the noise
floor from an applied signal amplitude of
+10dBV to 50dBV when it settles to its
lowest noise floor. (See Figures 3D and 3E.)
Thicom Telcom c4 is an example of the
new generation of noise- reduction systems, even though it's almost 15 years old.
As shown in Figure 4A, the unit's frequency response is well within acceptable limits
(Again, note the expanded scale.) with a
sharp high -end roll -off that occurs above
20kHz. (The unit is 2dB down at 25kHz.)
The unit's phase response (See Figure 411)
measures the best of all units tested. This

result can be attributed to the lack of significant signal conditioning in the main
signal path. As you can see, Telcom c4 exhibits a bell curve similar in the mid /high
end (See Figure 4C.) to the Dolby A-type
unit's. This curve is probably normal for
four -band-type compandor circuits. However, the low -end distortion is lower because of the lack of conditioning stated
previously, as well as the lack of transformers in the circuit. Like dbx, Telcom tends
to rely more on masking than Dolby Atype does. Its ultimate noise floor, even
with tape, is quite low. (See Figures 4D and
4E.)
Dolby SR-Dolby SR is the most recent
analog noise reduction system developed,
and it performs well, as shown in Figures
5A and 5C. The only question that might
be raised is one of phase response (See
Figure 5B.) with a somewhat broad swing,
which is evidence of some complex processing going on within. (It was a bit difficult to interpret the data of this test
without having schematics to evaluate.)
The noise-reduction characteristics of
Dolby SR are quite strong. Like the A -type,
Dolby SR relies on masking only at
amplitudes above the nominal operating
level and has a surprisingly low, flat noise
floor. (See Figures 5D and 5E.)

answers on a simple questionnaire. (See
Table 1.) Most of the questions required
simple yes or no answers; comments were
optional. In some cases, no response was
given when a yes /no reply was
indeterminate.
This listening evaluation was not designed to rate or rank the systems in any
way; it was developed as a way of perceiving detectable differences between the
systems based on variable program

sources. This was a blind assessment. A
control was not deemed necessary because participants were not told which
system they were listening to until all participants had completed the appraisal.
Dolby A -type noise reduction was the
oldest design tested and was determined
to be the least effective in controlling tape
noise. However, it consistently received

high marks for transparency. Although
some sonic colorations were perceived,

All You Need To Know

About Abner, In 00:00:30:00

The listening evaluation
For the listening portion of this evaluation, four types of program material were
recorded: acoustic piano, electric bass,

One participant claimed
anyone who couldn't
identify system 1 must be
deaf. (He was wrong.)
spoken word and a cymbal (crashed and
lightly struck at the bell). Technically, all
material was recorded through a Solid
State Logic 6056E (VCAs bypassed) onto
a 24 -track Otani MTR 90 MKII using
Ampex 456 tape at 30ips. Playback was

Abner, from Paltex,

is

durable and depend-

Abner is easy to operate.

able.

Abner gets the job done

through three separate monitoring
systems: UREI 813Cs, Tannoy NFM 8s and
a pair of Stax headphones. (For a further
list of equipment, refer to "Facility Profile:
Spectrum Studios," in the March issue,
page 74.) Once set, a constant level was
established by grouping all channels. In-

Abner

is

Well, our 00:00:30:00
up.

well built,

re about

dividual channels were not listener adjustable; only overall system level could
be adjusted.
Seven people participated in the listening evaluation: Six are staff engineers at
Spectrum and have widely varied backgrounds, and the seventh participant is a
prominent local musician/composer. They
did their evaluations alone and noted their

PALT-EX
nrrsc
PAL/SECAM
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most participants liked the overall sound.
Dbx was most effective with spoken
word and piano. It was reasonably good
at controlling tape hiss, but most people
could hear it "work." It's likely that,
because of the pre -emphasis /de- emphasis
employed, more people could hear colorations in the high end.
The Telcom c4 system was the only
system unfamiliar to the listeners. It exhibited characteristics of all the other
systems and often closely paralleled Dolby
SR in listener response. The system usually
demonstrated the least audible "pumping"
effect, regardless of source material used.
Dolby SR produced various responses.
It was an obvious favorite with some
listeners and a non -favorite with others.
It more consistently eliminated tape noise,
but participants seemed to notice altera-
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Noise characteristic of
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tions in the high end when simple signals
(bass and voice) were used as a test source.
One interesting note: In only one case,
and with only one signal source, could no
pumping or "working" be heard. That was
the dbx system being used on spoken
word. This lack of pumping could be attributed to the fact that dbx is used on all
voice /media work at Spectrum, and the
staff engineers have become accustomed
to hearing it everyday. Interesting!
Print -through was not detectable on any
system.
This survey was designed to help
engineers better judge the systems
available and the viability of noise reduction, in general. It brought a long- awaited
death to many of the preconceived notions about noise reduction. Only one of
seven persons correctly identified the four

noise reduction systems. One participant
went so far as to claim that anyone who
couldn't identify system No. 1 must be
deaf. (Of course, he was totally wrong.) It
proved, once again, that a well- aligned
analog tape recorder equipped with a professional noise-reduction system is a viable
option in today's digital world.
p

(RE

For more information on the systems please contact the

following:
dbx, 71 Chapel St.. Newton, MA 02195
Dolby Laboratories, 100 Potrero Ave., San Francisco. CA
94103 -4813
Ram Broadcasting Systems, 346 West Colfax St., Palatine.
IL 80067 (exclusive U.S. distributors of ANT/Telcom noise
reduction)

The results of this evaluation are not to be construed as an
endorsement for any of these products, by either the authors
or RE/P.
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Low -Print Mastering Tape
By Helge Kristensen and

Warren

K.

Simmons

These tapes are designed to have very low print- through
while retaining high MOL and low bias noise.

In

the late 1960s, mastering tapes were
still made from acetate base film and were
non -back-coated. In the next generation
of mastering tapes, polyester base film
with greater tensile strength and less sensitivity to environmental changes was substituted for the acetate base. These tapes
were typically in the 290-oersted to
310-oersted coercivity range and required
bias levels at the low end of the normal
biasing capability of professional analog
recorders. In the early 1970s, the first
generation of conductive back -coated

mastering tapes was introduced. The addition of the conductive back -coating provided improved tape winding performance and cleaner running because of reduced static pickup. In the mid- 1970s,
higher -performance mastering tapes became available, with coercivity levels in
the range of 320 oersteds to 340 oersteds.
These improved tapes require slightly
more bias current and perform with greater maximum output level and reduced
bias noise.
Today, analog mastering tapes can be

COMPARISON OF ANALOG MASTERING TAPES
HIGH, STANDARD, LOW -PRINT
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grouped into three categories, as follows:
High- performance. Tapes characterized
by high maximum output level (MOL) and
low bias noise.
Standard -performance. Tapes having
somewhat lower MOL and slightly higher
bias noise.
Low -print mastering tapes. These tapes
are designed to have very low print through while retaining high MOL and low
bias noise. Low -print tapes typically use
oxide particles requiring 2.0dB to 2.5dB
greater bias current and showing print through levels in the -58dB to -61dB
range. (See Figure 1.)
Professional analog recorders generally are designed with tape -biasing capabilities ranging from 290 oersteds at the low
end up to 380 to 390 oersteds at the high
end.
The latest generation of professional analog recorders have biasing capability for
tapes having coercivity levels somewhat
higher than 390 oersteds. However, with
the large installed base of older recorders,
the magnetic tape design engineer today
must still limit analog tape design to magnetic particles in the 290 to 390 oersted
range.

1.

NOISE

STANDARD
PERFORMANCE LEVEL
MOL

Comparison of analog mastering tapes.
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LOW -PRINT

®

PRINT -THROUGH

A. Print -through is the unintentional
magnetic transfer of a recording from one
layer of magnetic tape to the adjacent layers when wound and stored on a reel. The
print- through is heard at a low level as
"previews" (preprint) and "echoes" (post print) of the recording. The effect is most
apparent when a loud section of the reHelge Kristensen is program manager, test and evaluation
department, and Warren K. Simmons is senior product
manager, probesional audio products, for the magnetic tape
division of Ampex Corporation, Redwood City, CA.

is preceded or followed by a quiet
section. Time and high temperature aggravate print- through.
B. Various methods for measuring print-

which is four hours at 150 °F. This test,
which is intended to generate the worst case condition, typically results in a print through level 4dB to 6dB higher.

through exist. The following method is
used for mastering tapes throughout the
industry and is intended to simulate actual recording conditions. Wind 10 layers

Market segments requiring a
low -print tape

cording

of the tape on a takeup reel at a tape speed
of 15ips with operating bias only. Then record one layer with a 1kHz signal at a
maximum record level (the level at which
the THD reaches 3 %). Repeat these two
steps at least three times. Store the tape
on the takeup reel for 24 hours at 70 °F.
Without rewinding, play back the tape; i.e.,
the takeup reel with the test tape becomes
the supply reel. Measure the output
through a suitable filter (typically 1 /10-octave) and display it on a chart recorder for
convenience. (See results in Figure 2.) Use
the strongest copy signal, normally the
preprint, and calculate the average of at
least three measurements. Report the
print- through level as the difference between the copy signal and the recorded
signal level in decibels.
Another method is identical to the first

one except for the storage condition,

A comprehensive look at the marketplace shows four distinct market segments
that, either by custom or by actual require-

puts two demands on magnetic tape. In
the European broadcast market, radio
is often government controlled. Tape specifications become
part of the purchase contract and lowprint tapes are specified. European broadcasting operations commonly use the DIN
or CCIR hub and fast -forward and rewind
speeds as high as 15 meters per second,

broadcasting

ment, have standardized on low print- through tape performance.
1. In the film sound business, the portable Nagra recorder is commonly used on
location to record the original sound as the
film shooting takes place. In post- production, dialogue, as well as various sound effects, may be added. Here, low -print tape
is necessary to minimize the echoes and
previews of door slams, gun shots or other
high -level sounds followed by silence. ljpically, tapes having a print- through characteristic of -60dB or better are required.
2. Video post -production operates in
much the same manner, adding dialogue
and sound effects. For the same reasons
as film sound, this business requires tape

having very low print -through.
3. The international broadcast market

The desirable qualities of
a high-performance
mastering tape need to be
maintained while

achieving the lowest
possible print- through.
mechanical winding properties of
the tape become critical. In this marketplace, not only must the print -through level be -60dB or better, the winding characteristics also must permit smooth pack
formation at the higher winding speeds.
4. An important market segment requiring low-print tape is in studio mixdown,
in which certain types of music, such as
so the

Mike
Line
Phono
Mixing
Matching
Metering

Monitoring
Processing
Distribution
Rack Mounting

AUDIO TECHNOLOGIES, INC.
328 W. Maple Ave., Horsham, PA 19044

(215) 443 -0330

FAX (215) 443 -0394
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PRINT -THROUGH (dB)

bias setting, minimum third harmonic distortion and minimum modulation noise
are achieved simultaneously.
Equalization adjustments are necessary
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70
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Figure 2. Graphical record of a print- through measurement.

classical, operate with very loud passages
followed by very soft passages. Lack of a
low -print tape could cause audible previews and echoes of the loud passages.

Design and development of
a low-print mastering tape
As in all good product -design practice,
careful, detailed assessment of market
needs is an essential first step. The result
of market research must establish all critical electrical and mechanical performance criteria.
Electrical design characteristics-In a
broad sense, the desirable qualities of a
high -performance mastering tape need to
be maintained while achieving the lowest
possible print- through. A signal -to -noise
ratio of 71dB or better, 0.28% THD of a
1.0kHz signal at a record level of
370nWb /m, and modulation noise level of
-70dB. should be achieved. An MOL of
at least 11.0dB above a record level
370nWb/m is required. Print- through level
must be -60dB or better. Sensitivities at
all frequencies must be in the same range
as in high -performance tapes.
Selection of magnetic material(s)-The
print- through level of a magnetic tape is
determined mainly by the selection of the
oxide particle and its concentration in the
formulation. The oxide particles should
have relatively high coercivity and maxia

mum temperature stability. Higher coercivity particles are more difficult to
magnetize and, therefore, become more
resistant to magnetic transfer. High coercivity oxides also provide lower bias
noise because the particle sizes are generally smaller.
Particle selection also requires consideration of third harmonic distortion, MOL
and sensitivities at all audio frequencies.

'Level of 700Hz sideband of 1.0kHz
signal.
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Tape geometry- Print -through is reduced when the coating thickness is reduced and when the base film thickness
is increased. However, a reduced coating
thickness also reduces MOL and affects
bias setting and frequency response.
Therefore, at the same time, thinner coating also affects the recording equalization
and S/N ratio. Increased base film thickness, of course, reduces the length of tape
that can be wound onto a given -size reel.
The design engineer must consider these
trade-offs.
Manufacturing considerationsThe tape
processing method also influences the
print- through characteristics. The milling
process must be controlled carefully to
minimize particle breakage and provide
optimum dispersion characteristics. Excessive particle breakage degrades the print through level.
Modulation noise is highly influenced by
manufacturing techniques and, therefore,
must also be precisely controlled to
achieve the lowest possible modulation
noise level.

Recommended studio practices
From a tape /hardware interface point
of view, some recorder settings and adjustments are essential in achieving optimum
performance. Also, some settings and adjustments are at the discretion of the
studio engineer.
Bias current and equalization adjustments are specific and essential.
The proper bias current adjustment is
different for each tape and varies depending on the specific tone characteristics.
Higher -coercivity tapes require greater bias current than tapes having lower coercivity. From the recorder point of view,
bias current varies with tape speed and
the length of the record head gap. [Note:
"length" of the head gap is the correct
description of dimension]. At the proper

to achieve flat response within the audio
frequency range and vary for each tape.
Follow the tape manufacturer's recommendations for proper bias adjustment depending on the tape, recorder speed and
record head gap length. Record level is at
the discretion of the recording engineer.
The setting of record level results in some
trade-offs. On the positive side: With high
record levels (up to +6dB, 370nWb /m),
there is less apparent playback noise. On
the negative side: There is a higher apparent print- through level, reduced headroom and higher third harmonic distortion. With lower record levels (0dB or
185nWb /m) the apparent print- through
level, distortion and head room all improve at the expense of apparent playback
or bias noise.
The use of noise reduction systems at
relatively lower record speeds vs. no noise
reduction systems at higher record speeds
is also at the discretion of the studio
engineer.
The care, handling and storage of the
master tape is of critical importance.
1. Before and after each recording session, all parts of the recorder in the tape
path should be cleaned and inspected for
burrs or sharp edges that could scratch the
tape or damage the tape edge. In addition,
proper, periodic head demagnetization is
needed.
2. Tapes should be stored tails-out at the
end of each recording session to minimize

apparent print- through.
should be stored vertically in the
box supplied by the tape producer.
4. To minimize print- through further,
stored tapes should be fast -wound and rewound several times before over -dubs or
mixing operations are performed.
5. Tapes must be stored under carefully
controlled atmospheric conditions. Ideal
conditions are 65 °F to 75 °F and 35% to
45% relative humidity.
6. It is desirable, but not essential, to wind
and rewind stored tapes once a year to relieve stresses introduced by temperature
and humidity changes during storage.
Low -print tape may be just the type of
tape for the work you are doing. However,
low-print tape is not necessarily suitable
for all recording projects. If you're not sure,
call your local tape representative.
3. Tapes

[RE/P]
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Digital Audio läpe:
The Key to
High -Performance
Recording
By Rich Collins and Del Eilers

A

comparative look at digital and analog audio tapes as they
apply to today's recording technology.

As audio professionals assess the merits
expanding from analog into digital
hardware, they face a number of complex
issues. Not only must they choose between
digital formats, but they must also balance
their sizable financial investment against
the marketing edge and capabilities that
digital recording can bring to their studios.
of

The digital advantage
Other considerations aside, the technological advantages of digital audio recording are clear. From the beginning,
signal -to-noise ratio has topped the list.
Digital audio recording handles a wider
range of levels, and there is no flutter. As
the digital signal feeds into the buffer, the
system's crystal clock controls the data
rate. Speed variations simply don't exist.
Equally important, digital recording
promises successive generations of copies

Other audio distortions also increase significantly with each generation in analog
recording but not with digital. The deterioration that flutter and modulation noise
cause can make an analog multiple generation recording completely unacceptable, but digital does not deteriorate
at all. Digital audio tape also retains its
premium sound with time, and the analog
phenomenon of print-through is nonexistent because print does not occur at
digital recording wavelengths.

Convenience and
high -performance design
Those venturing into digital recording
reap the benefits of a new technology, but
they must also adapt their skills to different equipment nomenclature and parameters. Designers of digital hardware and
media are taking pains to make the transition smooth.
Digital audio recording is still evolvirg,
but stationary -head digital recorders are
designed to mimic their analog counter-

without detectable sound-quality degradation. An analog master, for example, might
have a dynamic range of 70dB and lose
3dB in a next -generation copy. By the time
a recording reaches the client, its dynamic
range could be as low as 60dB, compared
to a typical digital recording that holds its
90dB dynamic range from recording
through mixdown to mastering to duplication. (Figure 1 compares the sound quality of analog and digital tape after multiplecopy generations.)
Rich Colline Is audio products manager, and Del Ellen Is
senior audio engineer, for the Magnetic Media Division of
3M Company, Minneapolis.

Figure
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digital recording tape, however, track
widths are much narrower. The Digital Audio Stationary Head (DASH) format, for
example, uses tape with track widths on
the order of only 13 mils for write operations and 6 mils for playback. The ProDigi
(PD) digital recorder format has a track
width of 12 mils. (Figure 2 compares typical track widths of analog and digital
audio tapes.)
Because digital tape is thin and information is packed densely, cleanliness of the
tape and care in handling and editing become critical. In analog recording, for example, debris capable of causing a 3dB
loss at the highest frequency (20kHz at
15ips) would be about 41 microinches. In
digital recording, much smaller debris
typically as small as 4.3 microinches (1 /10
the size)-would cause the same loss. In
other words, digital audio tape, which has
an information density 10 times greater
than analog tape, is about 10 times more
sensitive to debris. (Figure 3 illustrates how
an increase in tape- to-head spacing caused
by debris affects decibel loss in analog and
digital tapes.) Although such a comparison
is difficult because of the nature of digital
recording, it, nevertheless, shows that digital tape requirements easily can have an
order of magnitude higher than those of

-
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Figure 3.

Tape-to-head spacing loss, analog us. digital.

parts. The familiar reel -to -reel setup remains, along with the typical stop, record,
reverse and fast -forward functions.
Although the external trappings cater
to traditional habits, the technology itself
forces some significant differences. Because of the relatively high tape speed of
most digital systems and the importance
of providing adequate playing time on a
single reel of tape, the base material of

56

Recording Engineer/Producer

July 1988

digital tape is much thinner than that of
a typical analog tape -by about 50 %. This
thinner base also gives the optimal tape to -head contact required to record the
very short wavelengths of digital signals.
Digital tape requires a much smoother
surface than analog tape, and its recording
tracks are much narrower. On typical analog recording tape, track widths can
range from 40 mils to 80 mils. On today's

analog recording.
Part of the solution lies in the tape
binder, which is much stronger for digital
audio tapes than for many of their analog

cousins. Because smaller dropouts are
more serious in digital recording, a tough
binder is crucial for limiting ruboff and
generation of debris on the tape; an otherwise insignificant amount of debris can

result

in

ANALOG

DIGITAL

800 -

disproportionally damaging

results.

The magnetic oxide coating of digital
tape differs as well, being designed for extremely high packing density and to parameters required to ensure that it maintains its magnetism at very short wavelengths. Typical analog tape has a coercivity in the range of 350 oersteds, but the
coercivity of a high-performance digital
tape is about 700 oersteds. This means
that the amount of magnetic record current required for digital tape is twice that
required for typical analog tape. For this
reason, digital tape does not function on
analog hardware; analog recorders do not
produce an adequate bias or erase current
to handle the high coercivity of the digital
tape. (Figure 4 shows typical coercivity
ranges of analog and digital audio mastering tapes.)
In analog recording, the maximum output level of the tape is a function of the
amount of its magnetic material. For
digital audio tape, maximum output is not
important. The only requirement is that
the signal be strong enough to be read
clearly above the noise. Hence, analog
mastering tape has a thicker magnetic
coating and more magnetic material (perhaps 500 or 600 microinches) compared
to approximately 200 microinches on a
digital audio tape.

Digital audio and videotape
In almost any discussion of the physical
characteristics of digital audio tape, questions arise about its similarity to other media. To pinpoint the differences and their
relationship to high-performance recording, it's helpful to look back to the beginning of digital audio technology and its
roots in the development of videotape.
Digital audio recording and video recording are similar because they both
store high information densities. This demand for information density defines the
kind of magnetic properties and smoothness required in the tape. Although the
two media share similar magnetic characteristics, such as coating weight and surface conditions, their physical properties
can differ greatly. Videotape is not designed for use on a digital recorder. The
pitfalls to success may not be obvious,
however, because one easily can record
digital data on videotape. The recording
quality is the concern.
Video recorders and digital audio hardware have fundamental differences that
are likely to become even more pronounced with future development. The

700-
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600500400350-

TYPICAL

300Figure 4. Coerciuity ranges in audio mastering tapes, analog

trend in digital audio recording is toward
stationary head devices, but video recorders use rotating heads. The physical durability and requirements of a tape designed
for a rotating-head machine are quite different from those a stationary head recorder demands. During the stop motion function, for example, a rotating
head can abrade the halted tape,
sometimes literally digging away at its surface. To prevent this potential wear,
videotape often is made with different
binders and lubricants from those used in
audio tape.
Like analog tape, videotape has a higher
tolerance for flaws. If digital audio hardware can't read data, however, the system
either interpolates by inserting data to approximate the lost information or mutes
the output entirely (i.e., creates an audio
dropout). Because of this low tolerance for
flaws, digital audio tape demands near perfection in the smoothness of its oxide
coating, and it must run more cleanly than
videotape. A digital audio tape manufacturer takes great pains to minimize the
possibility of any flaws by subjecting digital
tape to more inspection steps and cleaning operations than either conventional
analog tape or videotape.

Three guidelines for selecting
digital audio tape
Digital audio tape offers professionals
new challenges and opportunities, as well
as the greatest potential for optimal sound
reproduction. Providing the highest quality sound means selecting reliable

vs.

digital.

hardware and premium digital audio tape.
The guiding principles are simple.
First, for the best performance, select
the appropriate tape: one designed and
warranted for use with digital audio equipment. While technologies may be similar,
tapes made for other systems are not
tailored for the rigors of digital audio
recording.
Second, for professional applications, reliability is always an issue. Select a tape
with a proven record for consistency and
reliability. If the tape is a new product, consider the reputation and reliability of the
manufacturer.
Finally, choose a tape manufacturer that
also provides support and service. Technical support helps studio professionals
follow changes, enhance their services
and maintain a competitive edge -a must
in this high -powered and increasingly
competitive industry.
Digital audio technology is constantly
evolving as both hardware and recording
media become increasingly fine -tuned to
the demands of the broadcast, music and
motion picture industries. Leading tape
manufacturers invest considerable expertise in providing products for specialty applications. As a result of painstaking
development, these finely tuned media fill
a unique role in their designated niche,
and they do so with much better results
than video products. Although the
building blocks of the design and development process might be similar, the performance of each product is tailored to its
own application.
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Digital Mastering
By Gene Shiveley

At the premastering facility, the correct equipment, qualified

engineers and informed support personnel help complete
your CD project quickly and economically.

recording technology. The second letter indicates the mastering process, and
the third letter indicates the reproduction
medium. The letter A indicates analog,
and D signifies digital. DDD and ADD are
typical examples of the SPARS code.

Preparing your music

for compact disc
requires a thorough understanding of CD
mastering and premastering processes.
Producers and engineers have a responsibility to understand the procedures and
production advantages of digital mastering to realize their projects' full sonic
potential.
After the creative decisions have been
made about the program material, the decision must be made as to what type of
recording processes will be used. The Society of Professional Recording Services
(SPARS) has established codes that tell the
consumer how the CD's music has been
recorded. The code is a three -letter format
whereby the first letter indicates the orig-

final

The master 2 -track
At some point in the recording processes, there is a good chance a digital
2 -track will be used if the final product is
slated for digital release. Because there are
more than a dozen 2 -track digital recorders with various formats, choosing a machine that suits your situation is important.
Not all formats are accepted at CD mastering houses. At this point, a decision should
be made regarding the format to be used,
and the trade -offs considered, when selecting a processor /recorder that may not be

Gene ShNeley Is vice vesident of CMS Digital In Pasadena,
CA.
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10.6kHz

FREQUENCY

(15µs)

compatible with established CD premastering systems.
Some of the processor /recorders available are: Sony, JVC, Mitsubishi, 3M, DAT,
dbx -700 (which uses Delta Modulation
rather than PCM), SoundStream, or mixing to 2-tracks of the digital multitrack. It
should be noted that the CD is made from
PCM tapes, and that any other format will
have to be converted to PCM before the
final mastering process.

Editing
These formats require some form of editing capability. If an electronic editor isn't
available, DASH (Digital Audio Stationary
Head), or PD (ProDigi) machines can be
used. These machines are convenient because of their razor-blade- editing capabilities. F-1 and DAT formats also are available, but keep in mind the limitations of
such processors. The F -1 and DAT formats
are not considered professional digital formats, but they are digital and can be converted to a professional format for CD
preparation.
Sonic integrity is probably the most important factor in choosing a digital processor. This is the duty of the A/D (analog to- digital) converter and the anti -aliasing
(low -pass) filter. CDs require processors
with a sampling frequency of 44.1kHz.
These processors have anti -aliasing filters
at one -half this sample frequency,
22.05kHz. This is approaching the audio
band and can affect the final sound quality. [See "Noise Modulation in Digital
Audio Devices" by Richard Cabot on page
20 -Ed.] The characteristics of this filter
are important to the recording and reproduction of high frequencies and the stereo
image. Custom anti -aliasing filters are
available that can improve the A/D stage
of many popular processor /recorders.

Choosing a digital recording processor
can be as creative a process as choosing
the proper microphone. I know of several
producers and record labels that choose
one particular format for the initial recording and premastering (because of the
"sound" of that particular processor) and
then convert to another format for the
final CD master tape.

greater the level, the less the distortion.
However, take care not to go over the
processor's maximum peak level, which
is established at the A/D conversion point.
When a signal exceeds the maximum
peak, the processor will try to use more
bits than are available. This causes the
signal to clip.
During calibration for transfer, levels for
non -emphasis should be set leaving approximately 15dB of headroom below 0,
and an emphasized signal should have approximately 20dB headroom relative to O.
(Note: 0 level is different on all digital
machines and is totally dependent on each
processor's A /D /A design. The trade -off
when using emphasis is less dynamic
range, so examine the music carefully before recording and determine when to use
this tool.)

Pre-emphasis
The next creative choice is whether to
use pre-emphasis. Pre-emphasis boosts the
mid to higher frequencies on a continuously upward slope, with the de-emphasis
circuitry mirror imaging with attenuation.
(See Figure 1.)
At the point of A/D conversion, this
function achieves a better S/N ratio. This
process is especially applicable when recording "airy' soft or acoustical pieces.
Note that it is not advisable to edit a preemphasized piece of music into a non emphasized piece of music, or vice versa, because it takes the CD player two
seconds to detect the pre -emphasis flag
and respond. Also, using pre-emphasis and
de- emphasis within the same track causes the CD player to decode improperly.
Another easy rule to remember is the

.

Facilities
prep or premastering facility has
the staff and equipment necessary to prepare your master for the actual compact
disc glass mastering, which is done at a
CD manufacturing plant. CD premastering studios stay in close contact with as
many CD plants as possible. With the number of these plants growing every year,
A CD

SOUND

this communication is a full -time job. Each
plant has specifications that must be followed to make sure your finished product
arrives on time and at peak quality.
At the premastering facility, the correct
equipment, (such as a digital editor, digital
mixer, editing decks and tape checker)
qualified engineers and informed support

personnel help complete your CD project
quickly and economically.
What happens at a CD prep facility, and
what is required to do the job correctly?

Hardware
dedicated digital editor is required for
the following reasons:
1. Synchronizing the player and the recorder is difficult. A digital editor automatically controls the synchronization of both
player and recorder.
2. Because CDs are mastered to 3/, -inch
U -matic -type tapes running on video tape
machines, the editing accuracy is limited
to one video frame (1/30 second). The digital editor stores the digital audio signal
around the edit point in RAM. Some of the
differences between editors include: how
much RAM the editor has, whether the
RAM is monitored in mono or stereo and
if both sides of the edit point can be
A

Products by Brush
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particular needs of CDs. During the
transfer, you can generally EQ the program as much as you like, because the
digital medium has a greater capacity to
store musical information than analog
does. Look for facilities with the latest
read -after -write (monitor the playback
while recording, like a three -head cassette
deck) digital audio editing recorders and
dedicated editing recorders for the greatest flexibility, speed and accuracy when
preparing the final master.

monitored.
3. With U -matic recorders, it is impossible to search for the edit points by "rocking" the reels by hand, as it was done in
the "good old analog days:' To overcome
this problem, approximately three seconds
of data (before and after the edit point) is
stored in the memory of an editor. The data can be monitored at the desired speed
with the search dial. This procedure gives
the "illusion" of moving the reels to select
an edit point.
4. On a VTR, it is impossible to do a
crossfade edit point by cutting the tape
diagonally, as was done with analog tape.
Crossfading is done digitally in the memory of an editor. The crossfade times range
from lms to 99ms. (Note: When using digital editors, the term crossfade refers to a
45° -type razor-blade edit of up to 99ms,
and not the traditional overlapping cross fade as performed with a fader.) With a
digital editor, it is possible to rehearse edits
easily and without fear of ruining the
source tape, because the source tape is left
untouched.
The editor generates a SMPTE time
code as a consecutive value and records
it on the master tape. When the editing
is finished, you will have a perfect 3/4 -inch
master tape onto which audio signals and
time codes have been recorded and
edited.

Digital audio tape
tape designed specifically
for digital audio is available through corn U -matic -type

panies such as 3M, Sony and Ampex. This
tape is designed for less CRC (cycle redundancy check) or fewer errors than standard U -matic tape designed for video applications. Although a standard U -matic
videotape can be used, the results can be
severe CRC or digital dropouts in your
master. [See "Digital Audio Tape: the Key
to High -Performance Recording" on page

55-Ed.]
Dropouts occur when the tape is inferior, damaged, or has dirt or dust particles.
The risk of dropouts or other problems is
not worth the small difference in cost of

tape specifically designed for digital
applications.
There are machines that will clean and
pre-check your blank tape, such as the RTI
(Reference Technologies Incorporated)
machine for the U- matic. You can get a
reading of the condition of the tape before
recording a program. A good CD prep fa-

Digital EQ
CD prep facilities have specialized digital

equalization systems coupled with the
"hands-on" experience required for the
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cility will precheck all tapes. These pre check machines should not be confused
with the Sony DTA1100 checker, which
checks for data errors on the finished
master.

Converting analog
masters to digital
A CD premastering facility is also required to prepare digital masters from old
analog masters. In some cases, the analog
masters have lost a good deal of the information that had originally been recorded, because of tape damage or age. Sometimes the only source available is a vinyl
record.
In most cases there are techniques available to help clean up old analog masters.
With problem masters, it is sometimes impossible to construct a digital master suitable for CD release. When this happens,
advise the client to use an outside source
for "that impossible cleanup job:' One
company is Sonic Solutions, which specializes in master cleanup by transferring the
music into a computer with a very large
memory. It carefully identifies the wanted
program and removes the unwanted program. This process may sound simple, but
it is very complex.
Because so many record labels are rereleasing their libraries on CD, many projects come in to the premastering studio
in analog format. This material needs to
be transferred to a digital format suitable
for digital editing.
I

Time code and logging
All data on CD is formatted by frames.
By definition, a frame is the smallest complete section of recognizable data on a

disc. Frames consist of sync patterns and
parities (These are automatically produced
during CD cutting.), digital audio data and
the subcode, which is created by the digital subcode editor.
Eight subcode channels are available,
designated P, Q, R, S, T, U, V and W. For
music, only the P and Q channels are used
currently. These subcode channels contain
information such as the total number of
selections on the Disc, their beginning and
ending points, index points within selections, emphasis on /off and end point of the
disc. The remaining six channels, (R, S, T,
U, V, and W) are available for other appli-

cations, such as graphics.
Most of the CD players on the market
today are controlled by the Q channel, but
the P channel also contains the start -flag
bit to conform with older CD players. The
P and Q channels contain information
such as track numbers, index numbers,
elapsed time within a track in minutes,
seconds and frames, and elapsed time
from the first music track. The data is
recorded in each block. The P or Q chan-

nel consists of a block of data made of 98
frames. (See Figure 2.)
Track 1 of the U-matic master is used
to store the P and Q codes on the CD
master tape. The time code and logging
process is achieved using a digital audio
editor.
Non-drop frame time code is recorded
on analog track 2 of the 3/4-inch tape. Time
code should start at 0 hours, 0 minutes,
0 seconds, 0 frames (00:00:00:00) at the
lead -in to the program. The amount of preroll time code needed, along with digital
black, mute or 0 data, should be specified
by the CD plant that will be cutting the
glass master. Usually this time is two minutes minus one frame, meaning the first
program (track) starts at 00:02:00:00.
Time code must run continuously
through the tape in an ascending manner.
At the end of the first piece of program
material, an edit is made to record digital
black. A log notation is recorded to note
the exact end -time of the first track.
The usual amount of time placed between each track is two to three seconds.
TM = total time of the previous selection.
BGN Track 4

15:42:00

END Track 4
Pau

BGN Track 5

20:42:10
00:02:00
20:44:10

TM 05:00:10

On some musical pieces, such as a live
recording, no silence exists between
tracks. This is listed as a crossfade. Crossfades between tracks are commonly
logged as follows:
BEG Track
END Track

1
1

02:00:00
07:20:22

Pau X -Fade
BEG Track 2
07:20:23

TM 05:20:22

In production libraries or classical music
pieces, it is often necessary to access
points within the music. A movement
within a long concerto may require its
own begin index points within a track. Indexes are commonly logged as follows:

Track 2: 1812 Overture
BGN TM: 06:32:19
IND:
09:32:19
END TM: 16:35:24
In this example, the index point may indicate the entrance of the cannon. Infor-

mation regarding the index point °s usually listed on the label. Therefore, the engineer doesn't have to list the program
name for the index on the log. According
to the NV. Philips Redb3ok standard, up
to 99 indexes may appear within a track,
and 99 tracks on a CD, giving 9.801 possible events.
At the end of all program material, there
should be a minimum of one minute lead out or black video recorded. When timing program material, take into consideration the lead n at the head and lead-out
at the end of a tape. A 60-minute tape
holds approximately 57 to 58 minutes of
program and still allows room for lead -in,
lead -out and pause times. The ideal program length is 58 minutes. The longer
tape ('5 or 80 minutes) is thinner mill,
typica :Iy 560 micro.nches vs. 750 microinches for a 60- minute cassette.
Some CD players have difficulty reading
the outer tracks on CD longer than 60
minutes. Cutting the glass master for the
longer -playing CDs is often trea :ed as a
custom project and is sometimes more expensive than a program I hat runs less than
60 minutes.
Dui-Jig logging, the mastering engineer
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Sample Log
Date:

Client:
Title:
Artist:
Producer:
Engineer:
Memo: All times
Lead in>

Master No.:
Project:
Format:
Time Code:
Emphasis:

GRP Records
Portrait
Lee Ritenour
Lee Ritenour
Fred Mitchell
are absolute. There are no offsets
>

»

Blank

Lead in

ASA

Title 1>

Turn the heat up

Title 2>

Windmill

Title 3>

White Water

Title 4>

Portrait

Title 5>

Grit

Title 6>

Shades in the Shades

Title 7>

Childrens' Games

Title 8>

Runaway

Title 9>

Route

Title 10>

7/28/87

GRCD 1042
CD Master
JVC 900 a#44.1
SMPTE on TRK No. 2
No

BGN 00:00:00
END 01:59:29
BGN 02:00:00
END 07:20:22
PAU X FADE

TM 05:20:22

BGN 07:20:23
END 11:21:07
PAU X FADE

TM 04:00:14

BGN 11:21:08
END 15:41:29
PAU X FADE

TM 04:20:21

BGN 15:42:00
END 20:42:10
PAU :02:00

TM 05:00:10

BGN 20:44:10
END 25:11:05
PAU :02:00

TM 04:26:25

BGN 25:13:05
END 28:44:09
PAU X FADE

TM 03:31:04

BGN 28:44:10
END 33:14:19
PAU X FADE

TM 04:30:09

BGN 33:14:20
END 37:36:23
PAU X FADE

TM 04:22:03

BGN 37:36:24
END 42:20:09
PAU X FADE

TM 04:43:15

BGN 42:20:10
END 47:00:00

17

TM 04:39:20

Lead out>

>

Blank

»

Lead out

BGN 47:00:01
END 59:59:00
TM 12:58:29

needs to make careful notes regarding any

uncorrectable "pops;' "clicks;' or unwanted
noises. It is important that both the CD
plant and the client be aware of such
noises. Even subtle effects, such as acoustic piano pedal sounds, should be noted.
A competent CD plant will call about the
slightest defect. Detailed logging avoids
the possibility of the CD plant rejecting
glass masters and /or production units because of defects in the original master.
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In addition to noting defects, the log
should include complete information for
artist, title, producer, format, time code
location, emphasis on /off, engineer and
other notes such as if blanks and tones are
considered as program material or not.
The log should include a contact name for
information and clarification.
The choice of CD prep facilities affects
the final outcome of the project as much
as the recording facility does. Choose a

a good track record, one that
offers the greatest selection of CD premastering systems, capabilities, and format
conversions. Keep your options open to
use the latest technology available.

facility with

RFA)

Software Hands -On:
Cue 2.0
By Bill Cavanaugh

They say timing is everything. And to those who make their
living by solving the problems of synchronized music /sound
to picture, the tools and times have never been better.

Zerkou/1m2- Uersion
2600
26.73

CUT

30.53

E1. (End of Line)

67 ( -.13)

As the dawn begins to

break, a cloud of dust thrown up by
whatever is oomnq over the horizon, kicks up into the sky
oatohing the first rays of sunlight as its height increases

69

Ergon's Nightmare machines are close enough now so that the
grinding roar of they engines oan be peroetved across the
expanse of twisted desert.

78 (.00)

92 ( -.00;

35.97

CUT

Morq peels back some canvas in the shape of
reveal a bizarre communications device

40.10

CUT

Morq's snaggle- toothed mouth is seen n
the communicator

a

boulder to

CU as he gabbles

43.23

DIAL: -THEY HAVE FOUND THE EGO. YE RE DOOMED'-

49 00

End

51

/,
Y

2

27

into

(-

102 (.11)

115 (.10)

125 ( -.00)

Dialogue

A CRACKING -TEARING

131 ( -.19)

sound is heard.
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'Accelerando/Ritardando," "Click Tap" display. 'Accelerando Ritardando" makes a number of
tempo decisions that speed up or slow down the click track between designated points. "Click
Tap" allows the user to tap out the entire click track manually.

opcode Systems' software program Cue
2.0 ("The Film Music System ") will save the
user a lot of time, to say the least. It goes
a long way toward bringing together the
hardware /creative resources for solving
the vast number of problems that face
Bill Cavanaugh is a composer, producer, synthesist and
engineer at Ciani Musica In New York.

anyone who works with sound and picture. Although it doesn't do everything
(you still have to write the music and
create the sounds), this comprehensive
program is a large quantitative leap over
the L5 version, other software programs
or click books. It frees the user from much
of the time -consuming tedium, giving
more time for creativity. Written by Rick

Johnson, Cue 2.0's application begins with
spotting notes and continues through the
audio recording process.
A "hands -off" description of all that this
program can do is difficult because of the
sheer quantity of options available. This
task was put to Bob Walter, who wrote the
manual as a "hands-on" tutorial. It works
just as well for reference. In a continuing
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Spotting Notes

Production:

Fatal Beauty

MUSIC SPOTTING NOTES

Wednesday, September 23, 1987
REEL

1

Main Titl

37.53

1ml

Following MOM logo, man title song starts over black. MUSIC PLAYS
THRU street seq. as hookers hit on various johns. Song might segue to
bar source on CUT !IT bar as ROSSOLLI enters.

17.67

:1321

1

-Delgado Bar Source"
Bar SOURCE seques from 1ml on CUT ROSSOLLI enternq bar. MUSIC
PLAYS THRU scene as ROSSOLLI meets w /DELGADO. MUSIC CONTS as
ROSSOLL rushes to informant's aid. SOURCE seques to 1m3

2:53.13
1:13.20
4:10.33

Im2

I

Eject

OK

Produetioa Code Fatal

l

Clear

"Spotting Notes." Each reel number appears in bold. The top line lists the cue number, length
and title. Below that are the cue start and stop times in the current 'Absolute Format" and the
description from the "Spotting Notes" dialogue box. The bottom section lists the cumulative time
of all specified music.

Getting started with the program requires a few pieces of hardware, not the
least of which are a Macintosh 512k Enhanced computer and a graphics quality
printer. Although Opcode notes that a Mac
512 is the minimum required, please note
up front, however, that this program has
problems in pre- Enhanced Mac 512s (the

age of equipment without manuals or with
unintelligible rags that are passed off as
manuals, this one is a welcome tool. It's
comprehensive with a dash of levity to
keep your eyes from drying out, although
the "Squeezing the Weasel" section may
be the result of too many late nights in
front of the word processor.

i

0

i

ii /ii
10

20
30
40
50
60
70
80
90
100
110
120
130
140
150
160
170

2

3

0/12
8/4

1/8

5

4

14/4

7/8
15/0

15/12

9/0
16/8

2/4
9/12
17/4

21/12
29/4
36/12
44/4
51/12
59/4
66/12
74/4
81/12
89/4
96/12
104/4
111/12
119/4
126/12

22/8
30/0
37/8
45/0
32/8
60/0
67/8
75/0
82/8
90/0
97/8
105/0
112/8
120/0
127/8

23/4
30/12
38/4
45/12
53/4
60/12
68/4
75/12
83/4
90/12
98/4
105/12
113/4
120/12
128/4

24/0
31/8
39/0
46/8
54/0
61/8
69/0
76/8
84/0
91/8
99/0
106/8
114/0
121/8
129/0

24/12
32/4
39/12
47/4
54/12
62/4
69/12
77/4
84/12
92/4
99/12
107/4
114/12
122/4
129/12

6/12

v-

-: Click Book (Tempo Format: 24 fr.)

_

3/0
10 /8

18/0
25/8
33/0
40/8
48/0
55/8
63/0
70/8
78/0
85/8
93/0
100/8
108/0
115/8
123/0
130/8

6

3/12
11/4
18/12
26/4
33/12
41/4
48/12
56/4
63/12
71/4
78/12
86/4
93/12
101/4
108/12
116/4
123/12
131/4

7

4/8
12/0
19/8
27/0
34/8
42/0
49/8
37/0
64/8
72/0
79/8
87/0
94/8
102/0
109/8
117/0
124/8
132/0

8

9

5/4
12/12
20/4
27/12
35/4
42/12
50/4
37/12
65/4
72/12
80/4

6/0
13/8
21/0
28/8
36/0
43/8
51/0
58/8
66/0
73/8
81/0

87/12

88/8

95/4
102/12
110/4
117/12
125/4
132/12

96/0
103/8
111/0
118/8
126/0
133/8

¡i

li?
'+

'O'

(Preto)

Tempo)

I:

-

o

Find Click #

1

(Find Time) oo

Nettt

of Cue's main purposes is eliminating the need for a traditional
click book, sometimes its useful to consult one.
The "Click Book. " Although one
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ones with the older 64k ROMs and MFS
[Macintosh Filing System]). It does run
quite glitch-free on the Enhanced 512s or
the Mac Plus (the HE'S [Heirarchical Filing
System] Macs with 128k ROMs). According
to Opcode, the program is compatible for
the SE and the Mac II, although I did not

test those.

What it does
Fundamentally, Cue 2.0 inputs timing
data, then calculates and manipulates that
data and outputs several types of documents that are highly useful in postproduction audio/music. The document
types are hard, soft and active.
The timing inputs essentially consist of
time in hours, minutes, seconds and sub seconds as expressed in various visual and
musical formats. More specifically, any visual format means 35mm or 16mm film
footage /frames; basic hours:minutes:sec onds; and SMPTE time code in 24-, 25- and
30- frames -per- second (fps) formats. The
30fps SMPTE format is further broken
down into B &W non -drop, drop frame
(29.97fps) and the obscure "Color" mode
which displays in 30fps but actually runs
at 29.97fps. The musical format is in
measures and /or beats with tempos expressed in beats-per- minute or frames/
fractions-per -click. The timing input format is chosen in the "Set Time Formats"
dialogue box. (A dialogue box is a tem-

porary window that requests information.
As soon as the information is input, the
window closes automatically, and the
screen reverts to the same place in the file
it left.)

As the timing format is chosen, times
can be entered in either absolute or relative time. Absolute time is the actual
SMPTE time code location on a tape
where the cue begins and ends, and relative time is the duration the cue itself.
Although any given project most likely
will be in no more than one or two formats (e.g., film that is transferred to
videotape and /or back), Cue 2.0 can input data in any of the above formats and
translate it into the set format. For example, if Cue 2.0 was formatted for SMPTE
30 non -drop, you could enter information
in measures /beats or feet /frames, and
Cue 2.0 could translate this information
to display it in SMPTE 30 non -drop. if an
updated version of your cue appears with
changes that range from a few frames added or removed to whole scenes changed,
Cue 2.0 can adapt your previous work
with very little effort on your part. Or, if
the timings are all the same, but the time code numbers have been changed, the
program allows for global adaptation.
SMPTE time code entries, as well as any
format entries, are made with the "Input"
window. SMPTE numbers can be typed in
or grabbed "on the fly" when Cue 2.0 is
locked to moving videotape or extracted
from a freeze frame using Vertical Interval Time Code (VITC). Using VITC requires
encoding of the videotape with VITC and
a VITC -to-LTC converter. By offering a
SMPTE clock adjust feature that offsets the
entry numbers, the program compensates
for various VTRs' placements of the noise
bar when a frame is frozen on screen.
The timing information is displayed in
a window called "Cue Sheet" This primary
screen for the program is displayed in a
"what -you- see -is-what- you -get" format.
The window can be printed as one of several hard documents available. The page,
production name, cue title and tempo information are displayed across the top,
with the time of the cue start just below.
Under that is the optional preface for cue
description and the time display for the
beginning of any warning clicks that were
programmed in. Further down are six vertical columns with the timing specifics for
the given cue.
From left to right, the first two are timing information (e.g., your choice of
SMPTE numbers, real time or film footage)
with either column being in absolute or
relative times. The next two columns are
displays for "Key Hit" information and
"Cut" indication. In the center of the page
is Column Five for scene description, dialogue notation, displays of meter and /or

tempo changes and the total time of your

be offset by a single frame, which would
bring all hits within the two-frame
tolerance.
If a tempo /offset combination cannot hit
all of the hits when using a single tempo,
an accelerando or ritardando can be used
for "Retiming" between those hits that
need to be brought into line. The program
allows you to calculate the "Retimings" between a starting click number and an ending time, and takes into consideration the
creative options of a desired ending tempo or ending click number. The retiming
feature generates a custom click that varies in ways that most "live" musicians can
play to easily. Tempo changes are immediately displayed in the "Cue Sheet"
window.
Meters are also variable and multiple
within a cue. Against a base meter,
changes can be inserted between designated points. However, as of this release,
the click doesn't automatically follow
changes in the denominator. For example,
when a meter changes from base of 4/4
to 7/8, the click stays in quarters, giving
you seven quarter notes. Solving this problem requires doubling the tempo for the
duration of the meter change. With x /16
meter against a x/4 base, you must double the tempo twice for the entire inset.
Although not a major or unworkable problem, this anomaly is scheduled to be "corrected" in the next release. Meter changes
are immediately displayed in the "Cue
Sheet" window.
The "Cue Sheet" window is only one
soft, printable window. Others include:
"Custom Score" paper (printed vertically

cue. The sixth column displays click information in either bar/beat or click format.
This column shows, at the given tempo,
the position of your clicks /beats relative
to your first two timing columns and can
display the beat divisions of your sequencer, e.g., x /a480 per quarter note for Mark
of the Unicorn's Performer.
Once all of your timing data has been
entered, Cue 2.0 allows you to search for
a tempo that will hit all points in the cue
that you have designated as "Key Hits."
The tempo options, which are set in the
"Set Tempo Formats" dialogue box, are
clicks in 24, 25, 29.97, 30 frames per second and beats per minute. The standard
24fps click format further subdivides
eighth notes into fractional tempos of

eightieths. The search can be conducted
between a range of tempos to the nearest
quarter, eighth or triplet note with a
variable margin of frames before and after
the hit. The search result yields a display
of tempo options and the number of attendant hits. A zoom feature allows the
user to zoom in on a selected tempo and
see exactly where the key hits are falling
in relation to the selected tempo and the
exact click. The displayed click is subdivided into hundredths of a click. After a suitable tempo has been found, it is entered
in the "Set Tempo" dialog box.
If a simple tempo search doesn't yield
enough "key- hitting," then the entire cue
can be offset. For example, (if the hit tolerance is two frames, and every hit is hitting within one frame, but one hit is missing by three frames, the entire cue could

Search Tempos (24 Frm.)
(

Search

To

Closest

Q.

1/4
08

MARGIN:
OFFSETS:

to

9

+.

08

o- 0/0

seconds
0

EHit

0

triplet

Q 1/8
to

11

MOH Hits: 12

0/0

start
tempo:
9 -O
9 -1
9 -2
9 -3
9 -4
9 -5

9 -6

9-7
lo -o
10 -1
10 -2
10 -3

hits:

tempo:

Step

hits:

8

10 -4

3

4

10-5

6

4
6
6
5
4
2
5
6
9

10 -6
10 -7

4

11

4

-0

J

tempo:

hits:

3

7

' Hits and Misses" (the "zoom" feature). 9-0 and 10.2 are promising because they are respectively
hitting eight and nine out of 12 "Key Hit" points within two frames of the nearest quarter note.
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"Playback" is

or horizontally), a "Master Cue List" (the
so- called "Bible"), an ASCAP /BMi-type
"Performing Rights" document, a "Spotting Notes Sheet" and a "Custom Title
Page" that allows for the import of graphics from programs like "MacPaint
All of these pages share their data,
which saves time and reduces the risk of
error that can occur in any duplication of
effort. More specifically, most information
is entered only once, and this data is displayed on every page that uses it, in both
soft and hard copy. For example, if a music
editor or composer pulls down the "Operations" menu for the "Set Cue Info" dialogue box and enters the production title,
cue number, cue title, composer's name,
publisher's name and affiliation, orchestrator's name and whether the cue has yet
been written, orchestrated, copied or recorded, he does this only once. The timing information entered in the "Cue Sheet"
window is automatically displayed in the
"Clicks Window," which, in turn, is printed
over each music system on the custom
score paper. This "Clicks Window" information is the musical display of the "Cue
Sheet" window's data. The combination
of the "Cue Sheet's" timing data and the
"Clicks Window" data is finally activated
in the document called "Playback:'

a

window from the "Reel -

world" pulldown menu. It

the feature
of Cue 2.0 that communicates with the
outside world. It plays back the custom
click track either from the Mac internally
or locked to picture via MIDI timecode.
The screen is an animated graphic window that displays the current position in
SMPTE time, time for the next punch, current bar /beat, frame format, lock indicator, an analog stopwatch with a relative
minute sweep, and streamers and punches
in sync to picture. These streamers and
punches can be superimposed on your
video screen using something like the
Video Streamer made by CB Electronics
of England. Or, because Cue 2.0 sends out
MIDI start messages at the beginning of
each streamer, a triggered relay closure
device can be used with a MIDI -controlled
relay box such as J.L. Cooper's MIDI Mute.
Streamers can be varied in length between
two and four seconds. All of this should
help the live conductor to conduct in the
"Free- timing" mode. To facilitate the "Free timing" mode, the click can be programmed to turn on and off at necessary
places in the cue sequence. Cue 2.0's click
feature generates a MIDI clock for external control of sequencers and MIDI notes
for an external custom click sound. Cue
is

2.0 also receives MIDI start messages.
Although Cue 2.0 is not a sequencer in
the common and current understanding
of the term, it can sequence, in sync, up
to 40 "MIDI Events:' These events are entered via the "Input Window" and are listed in the "Cue Sheet" window and the

"MIDI Event List" window.
In the "MIDI Event" window, each event
is listed with its MIDI note number, description, MIDI channel, up to five separate MIDI notes for each event, velocity
level for those notes, and a column for duration. This information is ideal for cuing
sound effects at a precise moment via a
MIDIed sampler or an event controller
that can see MIDI. The MIDI notes can be
typed in or entered singly or as chords via
the sampler's keyboard to ensure the proper velocities for each of the notes. This
helps shape those simultaneous, multiple
key -based sounds.

Additional hardware
Time Code impleMac -compatible MIDI interface and a SMPTE-to-MiDI Time Code converter are required. Several such devices
are currently available. Relative to Cue 2.0,
the SMPTE-to -MIDI Time Code converter
that is easiest to use is Opcode's own
To use Cue 2.0's MIDI

mentation,

a

Conversions
TIME
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=

667
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SrwTE(dt)
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d
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1

=
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J.
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X0/0
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o

=
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Film(35)

0/0

=

milliseconds

3

"Conversions" window lets the user convert a tempo or time into all possible formats without having to change the "Cue Sheet."
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If you are a sequencer -based composer
and can't afford two computers, fear not.
All timing information and tempo mapping can be transferred to the Southworth
JamBox /4 +, the Roland SBX -80, or to the
Garfield Time Commander. The timing
and tempo information can also be saved
under a different filename as a version
0.03 MIDI file, which will be transferable
as a tempo map to sequencers that can
read this version of the MIDI file.

.at is beCode on a
a
J at the higher
,iem can be over ¿layback of the mas .d restarting it.

J a software controller for
ime Code Machine, the Garerbeat and Time Commander,
. Southworth JamBox /4+ SMPTE
Code converters.

of

.

Additional features
Another feature of Cue 2.0 is a custom
"tapped" click, which is literally tapped
out on the Mac keyboard and either averaged over 17 taps or taken in total from
a cue that is locked to picture.
This software supports the use of modems, which speeds up communication
between its users. This can be particularly convenient when transmitting data from
coast to coast.
Normal Mac file- saving techniques are
enhanced here with an optional autobackup feature and files that save three
versions of the same cue, each differing
in tempos, meter changes, offsets and

The program includes a "Conversions
Window," which displays note durations
from a whole note down to a 32nd note
triplet, at any given tempo, in any tempo
format. The window also displays exact
times in all formats for a given time entry.

Conclusion
Although many approaches to post-production timings exist, Cue 2.0 is designed
to work in any familiar format; with any
working method. Even if your work habits
dictate no change from the click book and
click paper technique, the program offers
the old-timers what they need for their
familiar tried and truly tedious method.
There is a click book display.
Differing working methods aside, Cue
2.0 should be a welcome weapon in the
arsenal of all music editors, sound editors,
composers, arrangers and especially those
who do all of the above on any given job.
It will save the user more than time.
Cue 2.0 is well written; it works; and
those who buy it won't feel that they are
also beta -testing it for Opcode.

warning clicks.
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Repairing Surface -l.
PC Boards
By

Christopher Fenton

Ny

Don't attempt to remove that surface -mount device
without having the proper tools and knowing the right
procedures.
Today's sophisticated professional audio
equipment often relies on surface -mount
components. These devices provide extremely compact layout, allowing complex
circuits to be entirely self- contained on a
single PC board. Although this is a great
advantage to the user, repair of surface mount components is complex and demands special skills and equipment. Attempting to remove these devices with the
"ol' soldering iron and needle -nose pliers"
can be an expensive proposition.
Unlike leaded components, surfacemount components have short, winged
leads for solder attachment to the printed
circuit board. So, the components are
spaced closer together. Increased circuit
density and the smaller size of surface mount components may reduce the overall
size of a PC board by as much as one -third.
Because the devices rely on closely
spaced surface-mount multiple leads,
rather than through -hole leads, removal
can be difficult. Devices with through -hole
leads can be removed by desoldering the
leads one at a time. However, surfaceChristopher Fenton is a consultant for the Western Reserve
Tool and Machine Co.

mount leads cannot be desoldered in the
same manner. Surface -mount devices can
be removed only when all the solder connections between the component's connections and the printed circuit board
have been reflowed -at once.
Conversely, to reattach a new device, all
the new solder connections must be made
at the same time. With some surface mount package devices requiring as many
as 75 solder connections, the problem
becomes how to solder all of them simultaneously. It sounds impossible, but the
process can be completed quickly and
efficiently.

Currently there are two methods of removing and replacing a failed surface mount device: conductive heating and
convection heating. Conductive heating
uses a direct -contact approach to remove
and to resolder a surface -mount component. Convection heating uses hot air to
remove and resolder a component.

Conductive heating
Conductive heating is identical to using
a soldering iron to remove and resolder
components, except that all component

The solder pads shown here have been properly prepared for the replacement of the IC Note
the filled solder pads and lack of solder bridges.
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connections are soldered at t
After a failed device has be
hand -held heated probe is use
and resolder it.
The heated probe has two
nickel tips that are designed to con
reflow the solder joints on all fou
of the component simultaneously.
heating tips are mounted at the en
two short metal tubes containing heat
elements. The tubes are connected to
hinged handle similar to a pair of tong
This tong action allows the operator to
align the tips of the heated probe to all
four sides of the component package.
Heated probes are available in sizes
ranging from 0.185 inches to 1.5 inches in
square or rectangular shapes. Anyone
replacing surface -mount components
should have several heated probes of
various sizes and tip configurations.
Fast, effective component removal and
replacement depends on the amount of
heat transferred between the component's
solder joints, substrate material and the
heat source. The key is to transfer the
greatest heat from the heat source in the
shortest time to reflow solder connections
quickly and efficiently.
Inspect the solder fillets at the component's contact tabs and footprint junction
on the board. A solder fillet is the concave
junction formed by the solder between the
footprint pads and the component contact.
tabs. If the solder fillets are small or are
devoid of solder, add solder to the connection. Solder paste used sparingly is usually sufficient. Then add solder to the solder
fillet so that when it touches the heated
probe, the solder joint will conduct as
much heat as possible to the rest of the
solder joint. This heat transfer immediately floods the portion of the solder fillet that
is bonded to the footprint pad and results
in a fast, efficient exchange of heat.
With some components, especially
those with lead contacts narrower than
the footprint pad, the solder fillet helps
spread the heat to the outer edges of the
solder joint. Efficient heat transfer is im-

perative. Otherwise, you run the risk of
ruining an expensive component by lingering too long on the component with
the heated probe.
Circuit boards with ceramic substrates
and boards with large heat sinks should
be preheated before component removal.
Preheating reduces the heat -draining effects of heat sinks and also reduces localized thermal expansion that may crack a
ceramic substrate.

Removing the component
Before removing a surface -mount component, first secure the board in a grounded holder or place it on a grounded surface. The heated probe is plugged into a
controller unit, which enables the technician to vary the probe's temperature for
different types of component packages
and applications.
Liquid flux should be applied to all solder points and around the component.
The flux not only improves the solder fillets' heat transfer characteristics, but also
provides a clean surface on the board's
footprint pads for soldering a new
component.
Position the heated probe tips around
the edges of the failed component and
parallel with the board's substrate. Firmly grasp the component with the probe
tips so that they contact all four sides of
the failed device simultaneously. After the
solder has reflowed on all joints, raise the
heated probe with the failed component
held between the probe tips. Because the
inside tip dimensions are smaller than the
outside component dimensions, the heated probe can be used to pick up the failed
component.
To remove or replace a chip capacitor,
resistor or other passive component, a different type of heated probe, with parallel
tips, is used. This type of heated probe is
available with various length tips for removing and resoldering components that
have parallel multiple -lead contacts. The
basic procedure for removing and resoldering these components is the same as
previously described.

is required on the footprint pads, solder
paste should be applied sparingly. Too

much solder paste may result in unwanted
solder bridges. Too little may result in an
open or weak connection.
Place the new component in position
and align it by hand with the board's footprint pads. Position the heated probe tips
against the component's lead contacts and
push lightly against the substrate surface.
When the solder has reflowed evenly on
all connections, remove the tips of the
heated probe and allow the surface tension of the molten solder to pull the component into final alignment with the solder

fillet.

The heated probe is fast and effective.
It is also the simplest way to remove a
surface-mount component. Using the heated probe requires little training and
removing a defective component takes an
average of four seconds. Resoldering a
new component takes about the same
amount of time. The process does,
however, require a little more dexterity
than the removal procedure.
Heated probes have a limitation. Their
use is limited to circuit boards with low
component densities. It is impossible to
operate the heated probe if you don't have
room to open and close the probe's tips.
For boards with high component densities,

A hot-air repair terminal (HART) simplifies removal of surface- mounted /Cs while protecting the
board and components from heat -stress fractures.

Installing the
replacement component
Before resoldering a new component,
it's important to pre -tin the component's
contacts. This ensures good solder flow between the component and substrate. Pretinning also replaces the solder lost when
the defective device is removed from the
printed circuit board.
Examine the board footprint pad for a
clean solder surface and for consistently
sized solder beads. Any solder bridges that
may have formed during the removal procedure should be removed before resoldering a new component. If more solder

The control station, shown in the background, allows the probe tip temperature to be carefully
controlled to prevent damage to the /Cs.
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there is another method of removing and
replacing surface -mount components: convection heating.

Convection heating
Convection heating uses hot air to
remove and replace a failed component.
Using a hot -air repair terminal (HART), the
convection method preheats the printed
circuit board before reflowing the solder
connections for component removal or
resoldering.
The convection system uses low pressure hot air directed toward the failed
component and the area surrounding the

component to reflow all solder connections simultaneously. With this process,
there is no direct contact between the heat
source, and component and board surface.
The printed circuit board is clamped into
a platform between two air tubes that are
connected to a blower. The top tube provides hot air to reflow the solder connections and the bottom tube directs a flow
of cooler air onto the bottom surface of
the printed circuit board. The cooler air
prevents the circuit board from overheating, which could ruin components. The
desired air temperature is set on the
HART, or a temperature- indicating liquid

Surface -mount glossary
With the ever- changing state of
electronics technology, it helps to

know exactly what you're talking
about. The following is a basic
primer on some of the terms assosurface -mount
ciated with
technology.
Contacts: The wing-shaped leads
protruding from the component
package body, which are electrically
conductive and are used for solder
attachment.
DIP (dual in-package): An integrated circuit that has two rows of
pins for through-hole mounting
along the two longest parallel sides
of the component.
Fillet: A junction formed by solder
between the board's footprint pads
and the component's contacts.
Footprint: The group of board
contacts corresponding to the leads
of the component package to which
it is soldered.
LCCC (leadless ceramic chip carrier): A component package containing an IC, which is mounted to
a printed circuit board as a surfacemount component. Made from a ceramic material, it is hermetically
sealed and can withstand high temperatures. Instead of wire leads, it
has contact tabs around the perimeter of the component package for
solder attachment.
Pads (lead contacts): The individual contacts of a printed circuit
board's footprint.
Pre- tinning: Applying solder to the
component's contacts or tabs and to
the board's footprint pads to improve solderability characteristics
before soldering a new component
in place.
SMC (surface -mounted component): A component that is mount-
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ed to the surface of a printed circuit
board's substrate, instead of being
soldered through plated holes, as in
a standard printed circuit board.
SOIC (small outline integrated circuit): A component package that
houses an integrated circuit chip for
surface- mounting: it is approximately one -third smaller than

conventional integrated circuit
packages.

Solderability: The capability of
solder to reflow and wet the circuit
board footprint pads and the component leads during component removal and resoldering.
Solder reflow: The point at which
solder paste applied to both the
component contacts and the board
substrate footprint pads melts or reflows. The solder from both the
component and substrate contacts
reflows to form or to break the solder fillets depending on the repair
operation.
Substrate: The material that forms
the base of the printed circuit board,
usually made from a ceramic
material or a fiberglass -epoxy
composite.
7CE (thermal coefficient of expansion): The rate at which a component and substrate expand when
exposed to heat, expressed in parts
per million per Celsius degree
(ppm °C). The 7CE of the component must be matched to the 7CE
of the substrate to minimize thermal
stress from warping or cracking the
printed circuit board.
Through -hole board: A printed
circuit board that has plated holes
through its substrate in which wire
leads are inserted and then soldered
to the other side. This is currently
the industry standard.

/

applied to the top of the failed
component.
A temperature -indicating liquid is a
milky-colored fluid that becomes clear
when it is heated to within 1% of its given
temperature. This is the most reliable indicator of solder reflow.
After the circuit board has been secured
in the machine's platform, the platform is
adjusted so the component is directly in
the flow of hot air from the upper tube.
Components adjacent to the failed component are not susceptible to degradation
or damage because the removal temperature used does not exceed the reflow
temperature used during the manufacturis

ing process.
After the machine has warmed up and
after the temperature -indicating fluid has
become clear, the solder fillets are molten
and the failed component can be removed
with a pair of tweezers. Circuit boards with
large heat sinks may require more time
in the airflow to compensate for the
thermal -draining effects of heat sinks. The

average component removal time is
approximately 25 seconds.
Before reattaching a new component,
first examine the board's footprint for
evenly sized solder beads and for solder
bridges. If more solder is required, solder
paste can be used as described previously. Solder bridges should be removed at
this point.
As with conductive heating, pre -tin the
component leads to ensure good solder
flow between the leads and the board's
footprint pads. Components can be pretinned by applying solder paste to the
component's contacts and then placing
them upside down on the platform directly
in the hot airflow.
Liquid flux is then applied to the board's
footprint pads. Next, the component is
placed in the liquid flux by hand and generally aligned. When the component is
soldered, the surface tension of the solder
will float the component package, pulling
the component into final alignment with
the footprint pad.
When the indicating liquid has become
clear, the resoldering process is complete.
If the component fails to line up correctly, it may be repositioned with a pair of
tweezers while the solder joints are still
molten.
With the increasing use of surface mount components in audio and computer equipment, an engineer must know
how to remove and resolder surfacemount components effectively and in the
most efficient way possible. The devices
and procedures described here may allow
you to repair equipment that you would
have returned to the factory for service.
If so, one or two repairs can more than
cover the equipment cost.
RF/P

Facility Profile:
Pegasus Studios, Ltd.
By Gregory A DeTogne

The primary concern was to create an environment that
would be ideal, regardless of technology.

As a concept, Pegasus Studios began on
humble note. The brain child of Butch
Trucks, a former drummer with the Allman Brothers Band, it was to be a small,
one -room, but well-equipped studio, which
would provide him with a chance to settle down. Like most plans, however, that's
not how it turned out. In place of the modest room that Trucks envisioned, now

a

stands a state-of- the -art, 11,000-square-foot
facility housing everything needed to handle record production, film and video scoring, and even video post-production.
Pegasus is located just outside of Tallahassee, FL. About $3.5 million was spent
to complete the project, which included
construction costs of $1.3 million for the
structure itself. According to 'rucks, his

initial plans for a small studio changed as
part of a marketing strategy because of
The southeast side of Pegasus Studios.

the increase in film and video projects shot
in Florida, now the third -largest center in
the nation for such production.
"The more I got into planning the studio,
the more I realized that Florida was going to continue playing an important role
in film and television production;' Trucks
recalls. "And, as I looked around the state,
I didn't see anyone else with facilities adequate to handle the scoring work. Producers were coming down here to shoot, and
then going back to L.A. or New York to
take care of post-production. At that point,
I decided to build a studio that would meet
the needs of the film and video industries,
as well as the record business:'

The site chosen for the facility was in
Gadsden Station, a 550-acre business and
entertainment industry park being developed by the Talquin Development Company. Pegasus Studios was Gadsden's first

Studio A showing the E /Y/D monitors and SSL console.

Gregory DeTogne is a publicist/free-lance technical writer
in the Chicago area. He covers recording, video, music, and
entertainment industries.
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tenant, and the building's construction was
completed in early 1988.

Studio design
The studio's design was first put to paper
by George Augspurger. Overall, the designers went to extreme lengths to provide
the best recording environment possible.
"When we showed the plans to some
other studio owners in New York, they
cussed a bit and told us we were being
obscene," Trucks says. "They thought we'd
gone too far in obtaining isolation between the rooms, making sure our grounding was correct and in setting up our electrical system, among other things. We did
a lot of things most studios would like to

........

do but can't because it's just too expensive. Here in Florida, though, it was within
our grasp, so we did it:'
Nestled among the rolling hills of Florida's Panhandle, Pegasus Studios was intentionally built in a sparsely populated
area conducive to creativity. In all, the
area is quiet and free from the usual big city diversions that have a tendency to distract clients.
A two-studio complex by definition, Pegasus consists of a main studio and a post production room. Studio A is the larger
and features a 2,400-square -foot main
floor capable of seating a 115 -piece symphony orchestra beneath the studio's
22 -foot ceiling. Studio B is primarily a post-
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Studio B showing the Tannoy FSM monitors and SSL console.

Studio B showing one of two outboard racks.
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production room, outfitted with dialogue
replacement, sound effects and video scoring equipment. Although, from the outside, the building appears to be only one
story, in reality, it is a two-story, concreteblock, poured-in -place structure built into a steep hill.
The original design was developed by
Augspurger in 1981, but construction by
the development company didn't begin
until February 1987. To update the blueprints to current acoustic standards, 'IYucks
hired Dave Engelke to work with architect
Rolando Gutierez of Tallahassee, FL -based

Clemons, Rutherford

&

Associates.

Engelke was given the role of technical ad-

viser and on -site engineer, while
Augspurger supplied additional advice
from L.A. during the final construction
phases.
Starting from the outside, the first layer
of wall material is 12 inches thick and
made from steel- reinforced concrete
poured in place to form a monolithic slab
from the ground up. Talquin poured the
walls and footers first, and then, from the
same material, poured the bottom slab on
which the studio floats. Inside the outer
walls, the studio itself begins to form. Once
again, to improve isolation, conventional
2 "x4" wall framing was scrapped in favor
of a 2 "x10" design. Throughout the structure, the 10 -inch gap in the interior walls
was filled with fiberglass insulation and
given a three-layer -thick coating of sealed
gypsum board on both sides.
The interior walls are floated off of the
bottom slab with half an inch of neoprene
rubber applied to each wall's top, bottom
and sides. In the actual interior of the
studio, where the different rooms are partitioned, walls of the same design are sandwiched together with a 1 -inch, airtight gap
between them, creating divisions that are
23 inches thick with 12 layers of
wallboard.
Aesthetically, this massive construction
was carefully concealed so it would look
like a typical wall in a typical home. And,
although sensitive audio areas are all located in the portion of the structure that
is built into the side of the hill, the feeling
of being inside a bunker is completely
non -existent.
Architecturally, the building is clean and
modern, with many curving lines. The
stark gray exterior is a finished concrete
surface.
The interior has been tastefully decorated with German hardware; an entrance
area is adorned with Greek marble and
a huge skylight; and bathrooms feature
European shower and sink fixtures.
During construction, consideration was
given to the notion that digital recording
technology would be the mainstay of the
studio's business for years to come. The

primary concern was to create an environment that would be ideal, regardless of
technology.
Pegasus' technical adviser Dave Engelke
says, "From my observations, a basic problem with many older rooms is that they
were built to a different set of standards
10 or 20 years ago. As a result, they sometimes have rattling air conditioning systems, creaky floors, buzzes in the lights
and water pipes that are too close to the
recording environment. In the days of analog, these oversights weren't as noticeable because the tape hiss compensated
for a lot of the noise. However, put a digital
machine in the same room, and, suddenly, the noise floor drops, you have zero
tape hiss, and the dynamic range jumps
dramatically. Then, these 'little' things
make a big difference. With this scenario
in mind, we built this facility to be corn pletely quiet in terms of isolation."
Because of its size, Studio A has a definitive "live" sound. If needed, the room
can be deadened by using movable absorption panels, which Augspurger supplied. Engelke explains, "Out intention
with the absorptive panels was to be able
to change the acoustics of the room according to client needs."
Studio A's floor floats on 1/s -inch closed cell foam and is made
/. -inch flatwood
glued together into a single -piece unit. A
full -size motion -picture screen covers one
wall for film scoring, and a stage has been
built in for shooting video and film. To
complete Studio A's production abilities,
theatrical lighting is available with enough
dimming capability to deal with 192 circuits. A fully automated Strand light mixing palette can be used to change the
room's light gray walls to any color as
needed.
Measuring 35 feet from front to back,
Studio A's control room was specifically
Laid out in a geometric shape that ensured
proper presentation of the custom E IV /D
monitors built by Dave Engelke's company, E- Systems Technologies. (See "Custom
Monitors at Pegasus Studios" for a detailed
look at these custom, four -way, quad amped monitors). Special soffits enable the
monitors to be hung much lower than is
ordinarily possible. This capability facilitates the use of a special panoramic,
2-inch -thick, laminated plate-glass window
and brings the monitors into an optimum
position. Positioning of these monitors was
deemed so critical that Engelke took even
greater pains to make sure the walls and
ceiling also were constructed in a fashion
that would ensure their ideal performance.
At the rear of the room, he placed custom E- Systems Technologies diffusers that
are only 8 inches thick. (Standard diffusers
are 16 inches thick.) Formed out of high-

of

density Masonite and hardwood, the diffuser panels are finished in polished black
lacquer and serve as disguised doors in
some cases, providing access to the console's main computer room and other
areas.

Purchasing decisions
Purchasing decisions for the equipment
in Studio A were ultimately made by
Trucks. At the heart of Studio A is an SSL
4056G console equipped with Total Recall.
Digital capabilities are provided by a
32 -track Mitsubishi X-850, while a Mitsubishi X-86 2 -track is used for mastering.
Studio A also stocks a large assortment of
outboard components. (See "Studio A
Equipment List:') One of the most noteworthy components is the new Quantec
QRS XL room simulator, which is an open architecture computer capable of advanced digital processing. Other outboard
gear includes an Eventide H -3000 Harmonizer, a Lexicon PCM 70 and 480 L, a
Yamaha REV-5 and SPX -9011, and four

Kepex Its from Valley People.
Given the extensive list of gadgetry,
Engelke is quick to add that Pegasus isn't
completely techno-crazy. "We also place
great emphasis on the basics;' he says. "As
an example, we have a vintage collection
of microphones, which includes an AKG
C -24 stereo unit and U -47 and U-67 tube
mics from Neumann."

Ergonomics
Placement of the outboard equipment
rack, as well as the pre -wiring of eight different tape machine positions in the control rooms to suit different engineering
styles, are examples of the ergonomic concerns addressed. "I have a degree in cybernetics (the study of information and
data flow) music technology, so, in a sense,
everything I learned is being put to use
here at Pegasus' Engelke observes. "Every
aspect of the studio is, in some way, concerned with human interface in its design,
and our goal was to make everything as
easy to use as possible."

Studio A Equipment List
Console:
Solid State Logic 4056-G with
Total Recall

(2) Sennheiser 421
(2) Sennheiser 441
(1)

Neumann U-67 tube

(1) Neumann U-47 tube

Tape decks:
Mitsubishi X-850 32-track digital
Mitsubishi X-86 2 -track mastering

(4) Beyer 160
(2) EN RE-20
(4) E/V 757

deck

Headphones:
Amps: Power for E-Systems E-IV/D
studio monitor system
(2) Crown Delta Omega
(1) Crown MT 1200 LX
(1) Crown PSA -2
(1) Crown PS-400

Speakers:
(2)
(2)
(2)
(2)
(2)
(2)

E-Systems E-IV/D

Yamaha NS-10M
UREI 813A
Auratone Cubes
JBL Control One
JBL 4313

Microphones:
(6) Shure SM-57
(4) Shure SM-58
(6) AKG 414-EB
(4) AKG C451
(1) AKG C 24
(2)AKG D-12 E
(6) Neumann U-87
(2) Neumann U-47 FET
(4) Crown PZM

AKG 240-DF
Sennheiser HD-430
Sennheiser HD-424

Outboard Equipment:
(1) Quantec QRS XL
(1) Lexicon 480 L
(1) Lexicon PCM 70

(2) Yamaha REV-5
(2) Yamaha SPX 90
(1) Eventide

II

H -3000

(2) dbx 165
(1) UREI 1178
(1)

UREI 546

(2) Orban 622 B
(4) Valley People Kepex II
(1) dbx 900 rack
(1) EMT plate

(2) Audio Digital ADD 3X
(2) JBL/UREI 565 T

Muskat Instruments:
Yamaha C7 concert grand piano (with MIDI interface)
(1) Yamaha professional drum kit
(1)
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Studio

B

Directly upstairs from Studio A's control
room lies the Studio B control room. Measuring 20 feet wide by 24 feet deep, it is
used for projects that require a more intimate atmosphere. Besides post-production, it is well suited for mixing, which
works out handily for projects that start
in Studio A and move to Studio B.
Studio B is owned by E Systems Technologies. Engelke and staff selected hardware that is centered around an SSL 6056E
with a G series computer and Total Recall.
The main tape machine is a Studer A820
24 -track with Dolby SR noise reduction.
For post work, sound -for -picture and a
multitude of other video operations, Studio B houses a Sony BVE editor with A/B
roll, variable wipe, a character generator,
dual time -base correctors and special effects capabilities. Numerous videotape
players and a JVC KM -2000 effects generator are also offered. Studio B also has

several synthesizers and samplers. A Synclavier digital music system with 32 -voice
polyphonic sampling and the latest software upgrades is also available upon request in both studios.
At present, more than 10,000 sound effects are on file in Studio B. The effects
are all managed and stored by Leonardo
effects software, a database system that
allows interactive searches using simple
phrases instead of digging through a huge
catalog. Also, it lets a client describe to the
engineer the type of effect desired; using
a sophisticated word search system, the
engineer is able to preview, almost instantaneously, many examples that are stored
on CD.
Studio B has more than 300 MIDI sequencing tracks available, along with music publishing capabilities, computerized
scoring and arranging aids, and hill video
capabilities centered around the Sony SP
format, which is locked into the audio

Studio B Equipment List
Console:

Akai S -900 sampler

Solid State Logic 6056 E with G
series computer and Total Recall

Audio Tape Decks:

Simmons SDXS drum kit
Kahler Human Clock
E -mu E-max
Kurzweil 250 RMX

Studer A820 24 -track with Dolby

Computers:

SR

Studer A820 2 -track CT time code
Studer B215 cassette with remote
Studer CD player

Video:
Sony BVE editor with A/B roll,
variable wipe, character generator, dual time base correctors and
special effects.
(1) JVC UVCR CR -850U
(2) JVC UVCR CR-600U
(1) JVC TM-2084
(1) JVC TM-13U

80Mbyte disk
Atari 1040ST
Apple Macintosh II 4Mbyte RAM
40Mbyte disk
Commodore Amiga
Hewlett-Packard Laserjet II

Interfaces:
Microtech 2400 modem
Adams-Smith 2600
JL Cooper 16/20 MIDI switch box
Akai digital patch bay

Effects Processors:

Monitor System:
(3)
(2)
(2)
(3)

IBM AT with 4Mbyte RAM

Yamaha SPX 90 II
Yamaha MEP -4 MIDI events
processor
Orban 424A comp /limit de -esser

Tannoy FSM U
JBL Control I
Yamaha NS-10 M

Crown Delta /Omega

ART IEQ

Synthesizers and Samplers:
Yamaha DX7 Il FD
Yamaha TX 802
Yamaha KX 88

Roland JX-10
Roland D-550
Roland S-550 with DT-100 and
MESA
E -mu SP -1200 percussion sampler
Akai S 1000 MIDI wind instru-

ment

74

Recording Engineer/Producer

July 1988

Lexicon PCM 70 digital processor
Yamaha REV 5
Lexicon 224 XL with LARC
ART DRI digital reverb
Korg DVP-1 voice processor
Lexicon 480 L
Valley PR-10
Valley Gain Brain
Valley DSP
Eventide SP 2016
Quantec QRS XL

II

system via Lynx Timeline modules. A
wide range of audio monitors is available,
and, for video monitoring, everything runs
through a 35 -inch digital monitor that
resides directly in front of the console.

Interface
Two separate mains circuits are used:
One handles the infrastructure itself (for

example, office light), and one does nothing but run into the receptacles in the control rooms and the main studio. The wiring in the studio areas uses a three -wire
configuration at each receptacle. At each
point, there's hot and cold, and then a
third independent wire that runs all the
way back to a grounding stake. The wire
measures 41/2 inches in diameter and is
made from a copper -clad iron pipe buried
87 feet into the ground.
Multipair Canare cable (with its own
shielding) was used throughout the facility. For additional protection from possible
interference, the multipair was wrapped
in aluminum tape before being run
through the conduit. The SSL consoles,
balanced audio, video, cue and house
sync-lines all run through separate conduits. All audio comes in via 4 -inch diameter, '/z- inch -thick pieces of steel conduit that are also shield -grounded back to
the ground stake. For isolation purposes,
each conduit was completely surrounded
by neoprene and then sealed in concrete.
At one point directly beneath the console,
all of these conduit feeds were bonded together with strapping wire and then tied
to the studio's technical ground. This procedure was done to ensure that the conduit didn't form any ground loops. To conform with international standards, pin 2
is hot in the three -pin XLR connectors.
Another feature of the system interface
includes an uninterruptable power supply
fed by batteries. It takes up an entire wall
in the facility's mechanical room. The batteries provide engineers with a 40- minute
time frame in which to turn the systems
off without glitching.
A staff of six manages daily activities at
Pegasus. Four are technical employees and
two are administrative. Engelke's E -Systems Technologies also maintains an office in the building. Studio A's chief
engineer is Ralph Moss, who has accumulated 18 years of professional experience
at Electric Lady Studios, Regent Sound
and many other studios worldwide.
Studio B's chief engineer is Bruce Hen sal, whose credits include work for the
Eagles, Boston and Dan Fogelberg.
The base rate for Studio A is $200 per
hour, while Studio B is $135 per hour for
audio only and $200 for audio and video.
Both studios are open to the public.

REJp,

Custom Monitors
The E 1V/D monitors in Pegasus'
Studio A control room (custom -built
by E- Systems Technologies, a company owned by Pegasus Studios'
technical adviser, Dave Engelke) are
based around Community Light &
Sound's M4 compression loudspeakers.
"Monitoring was a paramount
consideration when we built Studio
As control room, so we literally built
the room around the speakers,"
Engelke reveals. "Our goal was to
have a system that was accurate

and provided a true representation
of the actual sounds in the studio.
For that reason, we went to great
lengths to create a physical environment that would be conducive to
proper acoustical presentation and
were highly selective about which
components went to the cabinets
themselves.
After producing a series of prototype monitors, Engelke settled on a
proprietary four -way design he
named E IV/D. The cabinets each
weigh 600 pounds, stand 45 inches
tall and measure 38 inches wide by
24 inches deep. Not your average
square box by definition, the cabinets, like the shape of the control
room itself, are highly geometric
with many angular planes. Power
for the cabinets comes from five
Crown amplifiers. The crossover
network was provided by Creative
Electronics of Nashville.
Engelke says he chose the M4s because of their strong mid-range performance, intelligibility, low distortion characteristics and power handling capabilities. "1n my estimation, the mid-range section is too often ignored when choosing the
proper components for a loudspeaker system," he says.
"1 think people tend to ignore the
mid-range because they're so preoccupied with high -end response and
low -end bass. As a result, when you
listen to some monitors, you find
that the mid-range band simply isn't
accurate in its representation of
sound, especially with snare drums
or the male vocal range. To illustrate my point, try running a signal
off of a snare drum into a woofer.

at Pegasus Studios

E-Systems Technologies E

IV/D monitor.

Without question, you will not obtain true reproduction of sound.
Conversely, the same thing will occur when you try to run sound from
a low-frequency instrument into a
high- frequency driver. Over the
years, it became obvious to me that
something had to be done to get accuracy back into the mid-range
spectrum, and that's where the M4
came in. When you look at the M4's
total response, the mid -range frequencies between 200Hz and
2,000Hz are just about as optimum
as you can get for accurate performance."
To fit Engelke's design parameters
for the E JV/D monitors, the M4s
were modified slightly to accept a
custom -tailored version of Community's SH1894M horn. "!n accordance with the plans 1 drew, we removed the front of the M4 (the portion of the unit containing the phase
plug) and exposed the diaphragm.
Next, we massaged the Community SH1894M horn into a hypex curve
configuration, which extended its
entrance enough to adapt directly
to what was now a 7-inch exit area
on the M4. The result was a 1:1 design, which reduces the distortion to
an astonishingly low level."
In each cabinet at the bottom end,
signals below 120Hz are directed to
an 18-inch JBL 2245 driver, which
has had its mass ring removed from
the voice coil. By taking this step,
Engelke was once again going for
greater accuracy. 'Accuracy prob-

lems result in a lot of low -end devices because of the mass ring on
the voice coil, which makes the cone
resonate when you punch it and
produces a booming effect. Although that's desirable in some systems, we designed our system from
the amplifiers up so for this portion
of the low end, we decided to go
with a velocity-controlled Crown
Delta Omega mono amp for each
driver. With the velocity- controlled
amps, we have a situation in which
the amp is literally capable of sensing the position of the voice coil. By
removing the mass ring, you let the
amp have as much control over the
voice coil as possible and dramatically increase accuracy."
For low-end frequencies of 120Hz
to 400Hz, a Crown Micro-Tech
1200LX powers twin TAD 1601-A
15-inch woofers in each cabinet. At
400Hz, signals cross over into the
M4s, which are driven by a Crown
PSA 2. The M4s carry the signals up
to 1, 600Hz, where they cross over
into a TAD 4001 coupled with a
Community SH864 horn, which theoretically can carry them up to
22kHz with the help of a Crown PS
400 amplifier.
Engelke's E 1V/D were made
phase-coherent by physically adjusting the drivers in each cabinet. This
adjustment is part of the reason for
their appearance. Each cabinet was
built around the tweeter and its
SH864 horn, which reside at the
center of the enclosure. Directly
underneath the tweeter cnd its horn
lies the M4 and its custom horn,
which was positioned as close as
possible to the tweeter by bonding
both devices' horns together with a
wood emulsion. The three low -end
transducers are situated side by side
at the top of the cabinet with the single 18-inch element located between
the twin 15-inch woofers.
"We conducted extensive tests
with every driver," Engelke points
out. "Then we matched the position
of each driver in such a way that
they all had the same relative acoustic center. The resulting configuration provides a high degree of
phase -coherent monitoring."
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Marketing:
New Business
Development
By Sarah Coleman and Michael Fay

studio's image has many different tiers: business, technical,
maintenance, physical plant and the image of the personnel.

A

You

want more clients, more work and
more income. But you're not the only studio owner who wants more business. In
today's competition for business, to be successful studio owners must constantly look
at ways to adapt to the changes in the
recording industry.
Most studio owners will agree their primary marketing tools are providing good
service, maintaining a good image
through positive word-of -mouth promotion and staying current with technological changes. But, these tools also can
benefit from some additional planning and
well-conceived marketing ideas.
Marketing your studio should involve
more than taking your client to lunch. A
complete plan involves everyone in your
business. Everything your studio does, including billing, office routines and phone
calls, should have a marketing slant. Secondly, effective marketing plans focus on
client retention as well as acquisition.
There is an 80/20 rule in business that
says 80% of your income is generated by
20% of your clients.
Your marketing begins with the needs
and wants of clients as they perceive their
needs, not necessarily what you as a studio owner think.

Marketing research
The first and most important step is research. Market research doesn't have to
be complicated or expensive. The following research questions won't cost anything
but your time. Ask yourself these questions and list the answers.
1. Who are our existing clients?
2. Who are our potential clients?
Sarah Coleman is a free-lance writer based in Washington,
DC. Michael Fay Is editor of RE.
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3. What are our rates?
4. In what industries are

our clients, and
are their companies growing, shrinking or
stagnant?
5. What niche do we fill? What niche
could we fill?
6. Have we lost any clients? Why?
7. What do our clients think of our
work, our image and our reputation? (To
find this answer, simply ask your clients
and listen to their comments. You may be
surprised. See 'A Client Review Program"
for examples.)
8. What are our style, fee structure,
strengths and weaknesses, equipment,
gross profit, invoicing and collection procedures, billable hours, client base and
share of market?
9. Who is the competition?
10. What new business is available
beginning with current clients?
11. What is our current marketing plan
and activities? What was effective? What
was not effective?
12. Who are our people? What are their
strengths and weaknesses?
After answering these questions, identify opportunities, and write a position
statement that clearly defines your studio.
You can't develop a marketing plan until
you know what you are marketing. Therefore, the more complete, original and solidly developed your position statement,
the easier your entire marketing plan will
fall into place. The statement can include
as many as five or six points, or maybe
more, depending on the size of your studio
and what you find from your research. An
example of a position statement follows:

-

Position Statement for Studio Reel, 1410 Main,
Baltimore, MD.
Studio Reel is the second- largest commercial production facility in Baltimore.

A Client Review

Program
Keep in mind that the sole purpose of meeting with a client under
the client review program is to obtain feedback on your studio's services. Do not try to sell additional
services to the client. Ask and listen.
If possible, the client review
should be conducted by a partner
other than the one in direct charge
of the client's account. The points
to cover are:
1. What is the client's opinion of
our facility and services?
2. What is the client's opinion of
the engineers and support staff with
whom they have had contact?
3. Have we done adequate follow up upon completion of the projects?
4. Have we helped clients in other
areas besides their specific projects?
5. Does the client feel let down?

if

so, why?

6. Would the client recommend us
to other people, if asked?
Write a brief report afterward,
with distribution to the appropriate

personnel.
Example taken from the "Practical Accountant"
magazine.

A
The facility has increased
15% in the last six months.

billable hours

Combined, the staff has 30 years experience in advertising and corporate commercial production work.
Rates are competitive because the studio
has low overhead.

Clients are pleased with the studios work
and 75% have been with the studio since it
opened eight years ago.
7Wo new competitor studios are also working with some of the facility's clients. Reason:
equipment and quick turn -around time.
Three new clients from New York are coming to the area and working with our studio.
The No. 3 production facility has recently
added a computer/MIDI /sampling package.

From a marketing aspect, look at your
position statement and focus on areas of
growth and weakness for your studio.

Strengths- Studio Reel is stable and has
passed the five -year danger zone of small
businesses. In its eighth year, 75% of its
client base began with the studio and billable hours increased 15% in the last six
months. What you didn't anticipate this
past year was that you were serving three
new clients from New York.
Weaknesses -Clients have no major
complaints; however, two new facilities also are serving two of the studio's major
clients, and the No. 3 facility has added
the new MIDI package.
After completing the position statement,
pick three to five major objectives to address in your marketing plan. At this point,
make two separate objective lists, one emphasizing the specific plans you have for
the next year and the other, strategic ideas
for the next five years.
For example, the main one-year objectives could include:
*Keep the 75% original client base content and coming back.
*Increase the billable hours 10% in the
next six months.
*Research what other facilities are providing your clients. Can you also provide
the same services?
*Will the addition of a computer/MIDI/
sampler system bring in additional
business?

*Will the additional business offset the
capital expense of the hardware purchase?
*Continue to target more clients from
New York.
Its main five -year objectives might be:
'Add duplicating studio /service.
'Start a rental company.
*Upgrade to the next level of technology; for example, move from 16-track to
24-track or from analog to digital tape
machines.

The marketing plan
At this point, don't become frustrated
with following a certain format. Depending on the size of your studio, your plan
could be two typed pages or an entire
notebook, bound and copied for your staff.

pointed

After you have completed the research,
position statement and objectives (one and five -year plans), you are ready to decide on the marketing steps. The three
areas to address in your marketing plan
are present clients, new business and
development of the company's image.
Remember that an effective marketing
plan should identify opportunities and
turn them into satisfied clients. Most of all,
keep your ideas simple and attainable.
Your marketing ideas should reflect the
same technical accuracy and creative
energy you produce in the studio. A simple, small plan that is carried through is
better than an elaborate plan that sits on
the equipment case.

t

on
noise.

Present clients
One obvious, but often overlooked,
marketing aspect is an organized method
of knowing your clients. For example, who
are your clients' decision -makers? How is
the client doing compared to its industry
or field? What are the new developments
in that field? Do you really understand
what the client does? Who are your client's
clients? If you don't know the answers to
these questions, find them. It will improve
and solidify your current client relations.
Make sure you are meeting all of your
clients' needs. Are they going to another
studio for work that you could do? If you
don't have the equipment or people
needed, is it possible to upgrade?
Maintain a complete, up-to -date client
database. Allow one line in the entry for
a category, such as corporate, advertising,
music or radio. Use the database for client
information besides just their addresses
and phone numbers. For example, use
details from previous sessions, special microphone preferences, favorite foods or
restaurants, and spouse's name.
Maintain records on client sessions. Try
to transcribe your notes for future reference in case a client asks you to "do what
you did last time:' With a reference point,
you can more efficiently give your clients

exactly what they're looking for.
The most important aspect of keeping
present clients content is to know them
and continue to grow with them in their
businesses. Go beyond the control room
and know what their businesses entail.
Dropping a present client doesn't sound
like a growth strategy, but, in certain situations, it is. Some of your clients may be
small, have little potential, and require
more work than is paying off. 71y to work
out an objective system to prune out
clients. But remember, just because a
client is small doesn't mean it is a waste
of time. Small clients become big clients,
too. Try to justify your billing, time and
manpower. This process is tricky and sensitive. So, handle with care and learn how
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Example of different marketing techniques.

"But most important is on -site image.
We pride ourselves on being a place
where our clients can bring their clients.
In the past, we spent more money on ac-

Marketing Techniques
Advertising
Sales

Publicity
News and
education

Promotion

Direct Sales

Message:

"Good guy"

Friend

Tools:

Paid ads

Editorial

Event

One -on-one

Example:

TV

commercial

TV news
story

Charity
fund -raiser

Personal
meeting

Hard -

Subtle

Subtle

Either

Tone:

hitting
Cost:

$$$$$

$

$$

$

Affect:

Guaranteed
awareness

High

Goodwill

Human

credibility

Taken from Kansas City Press Relations seminar. Prepared by Candace Keohler and Nancy Werner

to cut off relationships with poor clients
and discourage similar potential clients
without hurting your studio's reputation.

New business
Acquiring new people, new and different
work and more revenue sounds good. But,
it is also one of the toughest tasks, requiring the most organization and time. Sometimes clients just walk in the door or call
you "out of the blue:' But, other times obtaining new business requires a lot of
work, especially for a start-up facility.
Begin a database of target clients as you
did for present clients. (Keep this as a separate file from your current clients.) Again,
list the clients and everything you know
about them. What are they doing now, and
what studios are they using, if any?
How do you find these targets? First, decide on your target geographic area: local,
regional or national. Start with the city
telephone directory and yellow pages,
state industrial directories, "Who's Who"
directories and "Contacts Influential:' Define and identify those who are "influentials :' people with position, and include
them in your database. Keep your eyes
open for opportunities to meet them. They
may not be prospects for your company,
but they may be business references if you
get to know them well enough. Don't forget your banker, accountant, insurance
agent, lawyer and realtor; they know your
business and care about your success. Ask
them for leads and ideas.
Develop a plan for each good target.
Each client is different. Taking one client
out to dinner may work, but another client
may rather just hear your tracks.
The initial contact with your lead can
be the most crucial. Providing a cost incentive is usually not going to pull an
established client away from another facility. The elements that are attractive to such
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clients are consistency, reliability, efficiency, and quality -usually in that order. Unfortunately, these characteristics are the
most difficult for a new or competing studio to demonstrate. As an owner, you must
create a situation in which the clients you
seek can work in your facility without
budgetary, time or completion pressures.
In other words, they shouldn't have to
count on using the work that's done in
your facility -the first time.
Another effective way to demonstrate
your facility's capabilities is actually to hire
your future clients to work on a project
in your studio. This way, they will be able
to absorb the working environment at
your risk, not theirs.
As Bob Yesbek, owner of Omega Studios, Rockville, MD, says, "Anyone can lay
a track, but not just anyone can drag
someone in to hear it:'
Omega, now in its 20th year of operation, is one of the largest and oldest
studios in the Washington, DC, area. The
48-track, four -room studio also features a
recording school.
Marketing Omega Studios hit a turning
point in 1976 when the owners completely
redesigned the image. Known as the 1960s
rock-and -roll studio, they decided they also
wanted the coat -and-tie crowd. With the
assistance of a marketing consultant (who
is also a client), the studio designed new
business cards, stationery and the on -site
image.
Now, the studio maintains a database of
"thousands" of names, advertises in proaudio trade journals and yellow pages, and
works with public relations companies in
Rockville and New York.
"In this industry, you have a narrow
market to hit :' Yesbek says. "We found that
direct mail was a complete failure. People
shop around for studios, for instance, advertising in the yellow pages.

tive marketing because we needed more
people to know about us. Now, we like to
put our money in state -of- the -art equipment and staying up- to-date:'
After you have made the initial contact
with your target clients, you are ready to
make a proposal, which is usually a list
of goods and services, at specified rates
and terms, that you are offering the prospective client. For example, you know
through your research that this new client
books 20 hours a month on a regular basis.
Your proposal may be a guarantee that
they can: block out favorite days and time
slots, select the engineer and get a 20%
discount from book rates, providing they
pay net 20 days. Any or all of these terms
may be an improvement over the client's
current terms. Notice the studio gets something in return for what it gives up in other
areas, that is, early terms on payment. Proposals are written forms of negotiation,
and both parties must benefit from the
transaction.
After you have made the proposal, close
the sale. Don't forget to ask for the work.
It's the most important part of reaching
a new client. Simply say, "I would like to
work with you. I can produce exactly what
you want:'
Finally, follow up with your clients. If
you don't hear from them, call back. If
they decided to go with someone else, ask
why. Even if you didn't get the job, you
have gained something if you know why
someone didn't choose your studio.

Developing the studio image
First, step outside and look at your
building. Do people know you are there?
Is your address legible? Your studio's image should remain clear and consistent
throughout your identity, including sign age, letterhead, business cards and invoices. This consistency breeds quality
and precision in the work that comes from
the front office, as well as the control
room.
As a recording studio owner, you have
a speciality. Spread your knowledge and
abilities by writing for trade journals, or
give speeches at university audio and
music classes. Join business and trade associations and charitable, religious, civic
and educational groups; these can be avenues to more exposure for yourself and for
your studio.
Also important is a studio referral system. Depending on how "friendly" your
competition is, you can build a network
of other facilities and benefit from
referrals.
If you have the capabilities, and time,

consider publishing a local audio newsletter on a desktop publishing system. A collaborative effort by several studios would
put you at the forefront of studio activities
and news in the area. Send the newsletter to local and regional studios, clients,
vendors and manufacturers, as well.
Consider giving parties or holding open
houses at the studio to unveil new equipment, introduce a new engineer or celebrate a holiday. Invite clients, vendors,
neighbors, community leaders, media and
other studio owners. The bigger the mix,
the better.

Advertising
you decide to place a display ad in a
local newspaper or trade journal, contact
an agency or free-lancer to design the
print ad. Unless you are skilled in design,
you could do more harm than good with
your advertisement. Remember, you are
a studio owner, not a graphic designer. As
you select an agency, shop around. Ask
to meet the person who would manage
your account. Ask what budgets their
other clients have. If yours is also in that
range, this agency is about the right size
for you to work with. However, if the other
clients appear to have higher budgets, you
If

will be one of the agency's "small" clients,

and you many not receive the attention
you deserve. Also, make sure you understand the breakdown of fees.
While you are working with an agency,
consider designing a complete studio identity, including business cards, Rolodex
cards, rate card, reel labels, brochure and
letterhead. In the end, you will save money if you have it all designed and printed
at the same time. Don't let an over -zealous
art director talk you into a slick brochure.
Good design is not necessarily splashy.
The printed pieces are intended only for
communication to clients, and they should
do just that: communicate. Keep your designs clean and simple, and state the important information clearly.
To help you communicate with an art
director, collect some examples of graphic
design you like. This portfolio will give the
designer an idea of your preferences.
When selecting the medium in which to
place your ad, carefully screen the publication's readers. If you have completely
researched your position, you should have
a clear idea of who you want to reach, so
make sure the newspaper or magazine
reaches those clients. Request to see a
Business Publications Audit of circulation

statement, if available, and ask for
an explanation of the form. 7ivo points
you should understand are: who the readers are and what the renewal rate is for
the publication. A print ad is primarily
used to build and /or maintain an image,
and indicate a presence in the market. It
is not an active marketing tool that will
bring in a rush of new clients.
(BPA)

Personal marketing
marketing plan, a successful party at the studio and an effective brochure and rate cards are all just
parts of your business growth. But, you
must also remember the personal aspect
to marketing. Ultimately, it is you and your
staff that will sell your facility.
A marketing plan can't run on its own.
Even if it is a good plan, if no one knows
how to make it work, it won't serve its purpose. Keep your ideas simple, personal
and organized, and allow each person in
your studio to play a part.
Studios need people, equipment and the
opportunity to provide services. When you
do get someone's attention through your
marketing plan, remember, now it's time
to deliver.
A well-organized
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YOU DEMAND THE BEST
WE SUPPLY THE BEST.

Cal Switch And Switchcraft®
The Popular Demand
Audio Connectors
Cable Assemblies
Jack Panels
Multi -Switch® Switches

(800) CAL -SWCH
CAL SWITCH
13717 S. Normandie Avenue

NOM/
YOU CAN
AFFORD

04111

No matter what size
your studio, digital

6Ó

makes you more

competitive. Better
sound. Better client
appeal. CSE works with
studios of all sizes,
from Kodak to the
basement 4 track!
We've got Sony R -DAT
machines in stock now!
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CSE Audio
1200 Scottsville Road
Rochester, NY 14624
716 436-9830

Call for our Line Card and Sales Brochure

Lease/Purchase programs available

Gardena, California 90249
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Talkback

Binder Breakdown in
Back -Coated Tapes
By Scott Kent

The phenomenon of binder breakdown is becoming more
noticeable now that record producers are pulling old tapes
out of storage for remastering.
In recent years,

particles; if too short, the binder does not
remain cohesive. The short chain components tend to migrate to the surface in
time, causing the tape surface to become
sticky. To a lesser degree, the back-coating
binder layer also has this problem, causing the back -coating to stick to adjacent
layers of oxide.

the number of complaints
regarding oxide shredding from back coated tapes has increased. Often, these
complaints come from tape recorder
owners who say their machines are making a squealing noise during playback, and
they wonder whether they should bring
the machines in for service. An examination of the machines shows a much heavier than usual oxide deposit on both heads
and fixed guides. The deposit is not dry,
as in normal oxide shed, but somewhat
sticky and resistant to removal.
The problem appears to be binder
breakdown: Solvents in the binder react
with constituents outgassing from the
Mylar base and make a "goo" out of the
oxide, which then builds up on heads and
guides. The problem involves the length
of long chain molecules in the polymer
chains in the urethane binder compound.
If the molecule chains are too long, the
binder does not properly grip the oxide
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What tapes are affected?
This phenomenon is becoming more
noticeable now that record producers are
pulling old tapes out of storage to remaster
them to CD. This problem does not appear
to involve humidity or storage conditions,
as was originally thought. However, the
problem seems worse in playback of these
tapes under conditions of high humidity,
or when the tape recorder heads and
guides are colder than 60 °F or warmer
than 80 °F These problems commonly affect back-coated tapes manufactured from
the late 1960s (when they were intro-
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duced) to the early 1980s. This is a continuing problem; some tapes manufactured in 1983 already are affected. In addition to Ampex 406, 407 and 456, there
are reports of 3M 226, 256 and 250, as well
as AGFA 369 and 469, exhibiting binder
breakdown. AFGA 468 does not appear affected. Some BASF tape stocks may be affected. There are no reports of Maxell UD,
videotape, or digital audiotape stocks being affected.
If you play a portion of a tape on which
the oxide is coming off, and if there is any
signal on it, a screech or squeak caused
by the oxide piling up on either a fixed
guide or a head (Often the erase head
clogs first.) modulates the magnetized particles and redistributes them mechanically in the pattern of the scrape flutter. If this
happens, you may then have a permanent
and unrepairable squeak magnetically

During a recent job, have you encountered a problem or
unusual request that required a unique solution? We would
like to share it with the industry. Send it to "Talkback"; if
we use it, we'll pay you $50. "Talkback" is a forum for sharing your solutions to difficult production situations other
engineers may encounter. In a continuing effort to educate,
we believe that this type of information is helpful and will
display your professional abilities. This is not a tech tips column; rather, the focus á on solutions to problems- technical
or non -technical.
To submit, in 1-2 pages describe the job, what the problem was and what you did to solve the problem. Include any
supporting documentation, such as diagrams or photos, that
would help explain the situation. If we publish your entry,
you and your company will be fully credited.
Send material or inquiries to Michael Fey, Editor. RE/P,
8885 Rio San Diego Drive, #107, San Diego, CA 92108.

Scott Kent is a recording engineer, producer, and president
of BKM Associsfes/AFKA Records, Wilmington, MA. He also

Figure
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1. Tape cross section.
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is technical director for Northeastern Records and a faculty
member of the Sound Recording Technology Program, College of Music, University of Lowell.

RESEARCH ASSOCIATES

'
i

sells

STUDER
RECORDERS
Now You Can Afford
The Best
A807

TAPE SHIPPING CARTON

EXTRA FOAM
TAPE TRAYS
(FROM BULK PACK
CARTONS OF v. -INCH TAPE
ON HUBS)

h.MMI
uiilll

(NOTE:

THREE

BOT OMIMU
TOP AND BOTTOM)

1

VtI

liiiIIIII

=- IIk'
P
j1

I

II

EMPTY
NAB HUBS

Figure 2. Careful packaging

is essential to

-

THIN SPACERS

I II

II

I

I

I

I

TAPES, ON REELS,
IN BOXES

The Recorder With Everything

(NOTE:
BE SURE TO TAPE
DOWN THE TAIL LEADER)

Call (719) 594 -9464
for orders and prices

proper shipment of scatter-wound tapes.

recorded on the tape. When there is no
signal, it appears that the redistribution
may cause only the mechanically audible
squeak without applying a squeak to the
tape magnetically.
If you have rewound the tape to the
head of the reel, for example, you also
have the problem of how to get it off the
machine without further damage. One
way to approach a suspected problem tape
is to play an unrecorded portion of the tail.
Alternatively, play the test tones. Ideally,
these are at the tail. A slight removal of
oxide, first noticeable on the erase head,
may give warning of a problem before a
squeak occurs. In short, if in doubt, it is
better to have the tape treated before trying to play it. Even a slight removal of oxide means that the highs are being removed from the tape, because the short
wavelengths are stored closer to the oxide surface.
1a a cure available?
A remedy for this condition is available,

and we are using it successfully to recondition masters. However, the process is
time -consuming and somewhat risky for
the inexperienced.
The requirement, basically, is a care-

fully controlled time -temperature cycling
process to reverse the binder breakdown.
The heat allows the binder system to rebond temporarily. The treatment is not
permanent, but gives at least a 30-day
time window in which to work with the
tape. Provided the time -temperature cycling is done correctly, there is no
measurable high- frequency loss, noise increase or increase in print- through.
Treated tapes appear to play with no dif-

ficulty and no apparent damage. It also appears that the tape could be re- treated
later for another use period.
Because the exposure temperature must
be controlled within +3 °F, this process requires an industrial oven with circulating
air -flow and precise temperature control,
not a kitchen oven. The oven used must
be free of any magnetic fields (caused by
relays, for example) and any radiant
heating effects.
Caveats
treatment correctly, the tapes
need to be flat -wound onto plastic reels,
which may be a problem if you have fast wound the tape to the head of a reel. To
correct the winding requires a specially
designed spooler that has no fixed guide
surfaces, yet provides a smooth wind. Our
experience suggests that shipping a
scatter -wound tape, correctly packed for
shipping, is far safer than attempting to
flat wind it on any conventional equipment. (See Figure 2.)
Certain kinds of splicing tape (Radio
Shack's, for example) can bleed, ripping
off the oxide when played, but 3M ST-67

ALSO

AMPEX Parts at Discount
(5100

230 S. Sierra -Madre
Colorado Springs. CO 80903

IN OUR

CONTINUING EFFORTS

To do this

and BASF seem to be fine. 3M (Scotch)
Type 41 or 621 are not recommended for
use on back -coated tapes. Often, splicing
tapes need to be replaced even before a
binder problem appears, and they bleed
with temperature and age. Splices made
with 3M Type 620 sometimes come apart
after the oven treatment and require
replacement. Fortunately, most people only used these latter types on non -backcoated tape.
IREJI.
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TO SERVE YOU...
From time to time, Intertec Publishing Corp. makes its subscriber lists available to carefully
screened companies or organizations whose products, services, or information may be of interest to you.
In every case, list users must submit

their promotional material for approval. They may use the list only
once.
No information other than name and
address is ever divulged, although
names may be selected by segments

to which the particular offer might
appeal.
We are confident that the majority of
our readers appreciate this controlled use of our mailing lists. A few
people may prefer their names not be
used.
If you wish to have your name re-

moved from any lists that we make
available to others, please send your
request, together with your mailing
address label to:

For more information on reconditioning problem tapes, contact BKM Associates, Box 22, Wilmington, MA 01887.

Direct Mail Mgr.
Intertec Publishing Corp.
P.O. Box 12901,

Overland Park, KS 66212
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Spotlight

Between the Ears
By Dan Torchia

Located just outside of Manhattan, BTE divides its time
between being a personal -use studio and a workshop
for up- and -coming artists.

Between The

Ears started out as a
personal -use studio and ended up being
a full -time music facility.
Owned by Cy Cumin, lead singer of The
Fixx, BTE began as a place where he

could write when he was not on the road.
Located in Douglaston, NY, just outside of
Manhattan in Queens, BTE is attracting
music clients who need to make highquality recordings at a moderate rate.

"There is a great vibe here for a writer,"
Cumin says. "I began recording here years
ago. In fact, a good deal of the 'Phantoms'
LP was written and recorded here:'
A two -room facility, BTE caters to several segments of the music recording market. Studio A is BTE's live room and features a Sound Workshop Series 40 console
with Otani and MCI tape machines. Studio
B is a MIDI preproduction room with a
Ramsa WRT-820 console, Tascam tape machines and a variety of synthesizers, drum
machines and sequencers.
Although the focus is on the live room,
having the MIDI room enables BTE to cater to a larger variety of clients, Cumin
says.
"If somebody's in the main room, a
writer can come in and work on his own
and have a complete song together in a
couple of hours," he says.

Background

Working at a recent session at Between the Ears are (left to right): Andrew Sedgwick, co-owner,
manager and programmer; Cy Cumin, co-owner and lead singer of The Fixx; and Rob Bergston,
chief engineer.
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Cumin's quest for a studio resulted in his
wanting to have a place to write and store
gear. Early in The Fixx's career, its record
company referred the band to Work shoppe Recording studios. He liked the
studio and began spending a lot of time
there. When it came to finding a studio
to buy, BTE seemed the place.
"I initially thought about buying a small
Dan Torchie is staff editor of RE/P.

place :' he says, "but I thought, 'Why don't
you buy a place that's larger ?' I spend a
lot of time on the road, and the place can
operate on its own while I'm gone:'
Andrew Sedgwick, the studio's programmer and manager, runs the studio from
day to day; the chief engineer is Bob
Bengston. Together, they foster an atmosphere in which bands and songwriters can
develop their craft without worrying about
money.
This philosophy stems from Cumin's early days with The Fixx, which gained initial interest from publishing companies,
not record companies. The group needed
high -quality recordings but did not have
a lot of money. With that in mind, Curnin
says, BTE is meant to have a workshop
atmosphere.
"I thought that the industry was running
away with itself;" he says. "Until record
companies feel they spend a lot of money
on a record, they don't believe in it. To me
that's ridiculous:'
Because of the Queens location, Cumin
believes that BTE does not directly compete with Manhattan studios. Top -quality
equipment is important, he says, but BTE
is not out to compete with larger studios
that actively acquire the latest technology.
BTE's mission is to provide a high -quality
environment where people can get a good
initial recording, then transfer to a larger
studio if there's still work to be done.
For Cumin, the location is ideal. Although he lives in Manhattan, he does not
like to work there and calls it "Studio Hell:'
Douglaston is about a 20-minute drive
from Manhattan, is easily accessible by car
or train, and was recommended to him by
a former member of Billy Idol's band,
Steve Stevens, who grew up in the area.
"The atmosphere reminded me of England:' Curnin says. "I never specifically
thought of locating in Queens, but it just
worked out that way :'
BTE has been relying on word-of-mouth
to attract customers, which seems to be
working, Curnin says. He's been trying to
get into the studio but has been having
trouble because of the number of
bookings.
"It's not so much a profit venture, but
a place where can write and a place for
Steve to work :' he says. "And, we can help
bands out and have it pay for itself :'
1

At a Glance
Owners: Cy Curnin (Studio A); Andrew Sedgwick (Studio B).

Studio manager/programmer:
Andrew Sedgwick.

Chief engineer: Bob Bengston.
Studio A
Console: Sound Workshop Series
40 console, 36x16x24, with
Diskmix automation.
Tape machines: Otani MTR-9011
24 -track with remote, autolocator
and 16 -track record/reproduce head
assembly; MCI JH -100 1 -inch, four track recorder with % -inch, twotrack and '/e -inch, full-track head
assemblies; Technics RM-8511 cassette decks.

Video and sync equipment: JVC
6650 4 -inch video recorder; BTX
Shadow SMPTE-based machine synchronizer; BTX controller; Otani IFC
Shadow /Otari MTR-90 interface;
JVC IFC Shadow /JVC interface; MCI
IFCShadow /MCI-110 interface; Roland SBX-80 SMPTE-to-MIDI/clock
converter; Panasonic 19- and 5 -inch
color video monitors /receivers.

DD1 digital delay; Delta Lab Effectron 1I digital delays; Korg SDD-2000
sampling digital delay; Eventide 910
Harmonizer; Eventide PS-201 stereo
phase shifter; Eventide FL-201 stereo
flanger; Roland Vocoder; Sound

Technology Echoplate Il.

Speakers: UREI 813s; Yamaha
NS-10Ms; Auratone 5Cs; EQ Boy
speaker selector.

Power amplifiers: Bryston; Phase
Linear; Dynoco; Bogen.

Musical instruments: Yamaha C-7
grand piano; Hammond B-3 organ
with Leslie speaker; Oberheim OB-8
synthesizer with MIDI retrofit; Oberheim DMX digital drum computer
with MIDI retrofit; Oberheim DSX
sequencer; Korg DDD-1 digital drum
computer; Ludwig drum set; assorted other drums, cymbals and
percussion.

Studio B
Console: Ramsa WRT-820.
Tape recorders: Tascam MS-16;
Tascam 32 -2; Tascam cassette deck.

Gain reduction signal processors: UREI 1176LN leveling amplifier/peak limiters; UREI LA -3A leveling amplifier/peak limiter; dbx 160
compressor/limiter; Drawmer 201

Signal processors: Roland

stereo gate; Kepex gates.

CM -10s.

Outboard EQ: Pultec

Power amplifiers: Yamaha.

PEQ-1 tube

EQs; Pultec PEQ -IA; Audio Arts
stereo parametric; MXR-15 band
stereo graphic; White 1/2-octave
passive filter set.

Effects signal processors: Yamaha REV-7 digital reverb; Roland
SRV-2000 digital reverb; Lexicon
Prime Time digital delay; Delta Lab

SRV-2000 digital reverbs; Delta Lab
Effectron II digital delay.

Speakers: UREI 809s; Tascam

Musical instruments: PPG 2.3
digital wave synthesizer; Oberheim
Xpander; Sequential Studio 440
drum computer/sampler/sequencer; Roland Juno 106; Kramer bass.

Address: 40-35 235th St., Douglaston, NY 11363; 718- 229-5057.
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Studio News
Northeast
his Sound (Royersford,

PA) has purchased

Soundcraft series 760 MkIII 24 -track recorder. Its Allen & Heath mixing console
has been expanded to 32 channels, and
the studio has added outboard effects and
EQ. 237 Main St., Royersford, PA 19468;
215-948-3448.
a

Flite Three Recordings (Baltimore)

has

named Kirk Davis to its post -production
staff.

Quantum Sound (Jersey City,

NJ) has purchased a Studer A820 2 -inch recorder for
its Synclavier room and a Studer A820
1/2-inch machine for its SSL mixing suite.
Other recent purchases include three TC
Electronic 11- second samplers and two
PCM 42s. 512 Paterson Plank Road, Jersey
City, NJ 07307; 201 -656 -7023.

Shelton Leigh Palmer & Company
(New York) has named Syd Weiss as executive producer. 19 W. 36th St., New York,
NY 10018; 212- 714-1710.

Southern California

Canada

Waves Sound Recorders (Hollywood)

Cinar Studio Center (Montreal) opened

has opened Studio E, which runs in conjunction with Bert, Barz & Kirby and features a Soundcraft console with MCI ma-

June 1 with three integrated moms, all designed by Tom Hidley. Studio One, designed for music recording, features a
Solid State Logic 56 -input console with
Total Recall. Studio Two is designed for
film post- synchronization; Studio Three is
designed for electronic music, sound effects and sync'hronized pictures. 1207 rue
StAndre, Montreal, Quebec, Canada H2L
358; 514 -843-7070.

chines. Construction on two new video
sweetening rooms was scheduled to begin
in June. 1956 N. Cahuenga Blvd., Hollywood, CA 90068; 213-466 -6141.

Summa Music Group (Los Angeles) has
opened up a recording studio with design
by George Augspurger and Lakeside Associates. Studio A features a 64-input Solid
State Logic SL-4000 Master Studio System
with Total Recall and G- Series EQ and
fader automation. Tape machines include
a Studer A-820 and A-800 analog multi tracks, a Mitsubishi X-850 digital 32 -track
and Ampex ATR-102 2- tracks. 8507 Sunset
Blvd., Penthouse 1, Los Angeles, C4 90069;
213-854-6300.

Interlok Studios (Hollywood)

has

upgraded its operations to include audio
post capability. New equipment includes
a Sony BVH 3100 1 -inch video machine,
an Otani MTR 90 -2 24 -track recorder and
a Cipher Softouch synchronizer. 1522
Crossroads of the World, Hollywood, CA
90028; 213-469 -3986.

Spain
Atanor Studios (Madrid) has installed

an
AMS AudioFile with two-hour recording
capability in its newly built studio. Agastia
5, Madrid (28027) Spain; 34 1 407-8011.

Kash Productions (Madrid) has added

a

two-hour version of the AMS AudioFile to
its list of studio equipment rentals. Agastia
20, Madrid (28027) Spain; 341267-5222.

Manufacturer
announcements
New England Digital has sold a Synclavier with a Direct-to -Disk digital multitrack recorder to Pete Townshend.

Cantrax Recorders

Midwest
Cedarwood Recording (Ashland,

OH)

has remodeled and expanded its produc-

tion capabilities. Equipment purchases include an Ampex MM-1000 16-track recorder. 1628 St. Rt. 511-S, Ashland, OH.

The Disc Ltd.

(East Detroit, MI) has installed a Solid State Logic 4000 G series
console with 32 ins/outs on a 40-1/0 mainframe. 14611 E. Nine Mile Road, East

Detroit, MI 48021.

Producers Color Service (Southfield, MI)
has named Michael Suggs as editor. 24242
Northwestern Highway, Southfield, MI
48075-2583; 313-352-5353.

Tone Zone Recording (Chicago)

has added several pieces of new equipment, including a TC Electronics 2290 digital delay
and effects processor, Tube Tech PE-1B
program equalizer, 7ùbe Tech CL-1A compressor, Teletronix LA-2 leveling amplifier
and a Roland DEP-5 digital effects processor. 1316 N. Clybourn, Chicago, IL 60610;
312 - 664-5353.
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(Long Beach) has
added a Yamaha SPX-9011, Loft 1S-1 RMX
test set, Rane HC 6 headphone console,
Rane real -time analyzer and new software
for its Studer A820 2- track. 2119 Fidler
Ave., Long Beach, CA 90815; 213-4986492.

Northern California
Dave Wellhausen Studios

(San Francisco) has upgraded its equipment to include
Westlake BBSM8 monitors and a Digital
Creations Diskmix automation system for
its new Soundworkshop 34C console. 1310
20th Ave., San Francisco, CA 94122;
415-564-4910.

North west
Steve Lawson Productions (Seattle)

has

named Vince Werner as studio manager
and chief producer /engineer. The studio
has also created a marketing department,
directed by Celia Congdon with the help
of Kim MacQueen. Bob Israel has been
named sales manager. Sixth and Battery
Building, 2322 Sixth Ave., Seattle, WA
98121; 206-443 -1500.

Solid State Logic has taken an order from
HBO Productions for an SL 6000 E Series
console for its audio post room.

Soundtracs

has installed PC24 consoles
in the home studios of Mark Knopfler and
Alan Clark of Dire Straits.

Harrison Systems

has installed a PP -1
post-production mixing console at Warner

Hollywood's Re- recording Room A.

Mitsubishi

has recently sold four consoles in Toronto. McClean Place has installed an X -850. Sounds Interchange has

ordered two Westar consoles and one Superstar console.

Neve has installed V series consoles at
Conway Recording Studios, Hollywood;
Westlake Audio, Los Angeles; Cherokee
Recording Studios, Hollywood; Track Records, Seattle; the Record Plant, Los Angeles; the Village Recorder, West Los Angeles; Gravity Recording, Nogales, AZ; Andora/Smoketree; Pacifique, North Hollywood; and Amigo Studios.
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NEW PRODUCTS
Studer A807 recorders

Sony VHF 400

Studer has added two models to the
A807 line. The A807 VUK HS two -track
recorder features three speeds (7.5ips,
15ips and 30ips) and is designed for console mounting with overbridge metering.
The A807 41/2-inch, four -track VUK is designed for broadcast applications and
available only in the high-speed version
with overbridge metering.

Based upon freq iency .synthesis. tl.e
system transmitter can operate on 48 separate frequencies. and the receiver can
handle all 168 assigned channels. A pusibutton system with LCD reidout is used
for tuning to desired frequencies and re-

Circle (150) on Rapid Facts Card

antennas and accessories are available.

wireless nic system

tuning if interference is encountered.
Diversity reception is optional, and various
Circle (156) on Rapid Facts Card

Siemens Crossmatic D
audio routing system

Dowry Seals EMI

protection gaskets

Crossmatic D contains 16/32-bit microprocessors and computer control for
single -user systems. Up to six levels, including stereo, SAP, feedback monitor or
intercom, are available. It can be controlled by the Centronics interface or data
terminal control via an RS -232 interface.
External host control is achieved via an
RS-422 interface.

The series comes in a 36 -input version,
the IL3632, and a 48-input version, the
IL4832. Both are designed for track laying and basic mixing, and include dualline inputs, four -band parametric EQ, eight
aux sends and 1T- jack patchbay. Monitoring may be either PFL or in -place solo.

The gaskets are designed to protect
equipment from EMI and RFI. Custom designed shapes and 2,700 standard
O -ring sizes are available. Signal attenuation levels are 120dB or greater, and all
gaskets and seals are measured by applying a calibrated signal at 30MHz, 100MHz,
300MHz and 1,000MHz.

Circle (152) on Rapid Facts Card
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\Mastering/
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Direct Metal Mastering
U.S. Only Complete
DMM Facility-

Disk Mastering

Suite

TYPE 85 FET DIRECT BOX

Hi- Definition

Plating
State -Of-The -Art
Pressing
For
brochure & pricing,
call or write

EUROPADISK,LTD.
75 Varick St.
N.Y. 10013
(212) 226-4401
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NEW PRODUCTS
Sign Printers
Mag-Tags
MagTags are magnetic strips bearing instrument names commonly used in music
production and are intended for marking

' \,

Imagine Computers
SMPTE City
SMPTE City is a SMPTE- to-MIDI converter designed for first-time SMPTE users.

,_ _

o,

channel assignments on mixing consoles.
Optional adhesive -backed strips allow use
of the tags on aluminum and plastic chassis. Blank labels also are available for art-

,

v'

'

'"

ti

- -'

la-

:+

t,

,

`

bar number position and 11 program mable functions. Reading range, -3OdB
to OdB, allows the unit to be used with

W

ist names.

``
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The rack -mount unit's features include
reading and generating all four SMPTE
formats, LED display showing SMPTE or

cassette -based tape machines.
Circle (170) on Rapid Facts Card

Dynacord ADS sampler
The unit comes with 2Mbytes of memory, expandable to 8Mbytes for almost 100
seconds of sampling at 44.1kHz. It features
16-bit, phased-locked stereo sampling;
24 -bit, internal processing; and 20 -bit,
double-oversampled digital filters on all
eight outputs. Real -time monitoring
through an A/D converter allows users to
know how the samples will sound before
the sampling takes place.

Spatial Sound SP -1

Schoeps MK 21 mic

The unit is a sound processor that moves
and positions sound in a two- or threedimensional space and also produces effects associated with sound dynamics. It
can process live or recorded sounds and
can handle from two to eight speakers. In
addition to live applications, the unit can
be preprogrammed for tape or MIDI

The MK 21 is a subcardioid mic whose
frequency response is unaffected by the
angle of sound incidence. In the forward
hemisphere, directional effect is hardly
discernable. At 90 °, response is down 3dB,
and for rear-incident sound, level reduction is 10dB. In spot applications, off -axis
sound sources can be picked up without
coloration.

control.

'
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'
'
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PLUG INTO
AUDIO -LINE
PRODUCTS
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Relapping
Services.
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We stock a
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"

:_ _._ :::

f

.:'.':

..': :: :

full line of
direct
replacement
heads from
mono to
24 track.

,)
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i

e

other Audio -Line products.
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Recording

We also provide precision relapping
and optical alignment of all magnetic recording heads and assemblies.
If you need optimum performance
from your tape recording equipment
you need our services. Call or write:

249 Kennedy Road

PO. Box 121

Greendell, NJ 07839

audio line
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MAGNETIC SCIENCES

JRF/Magnetic Sciences, Inc.

audio accessories

AUDIO ACCESSORIES, INC.. MILT. STREET. MARLOW, NH 03456

pt

.,:T:.:':'

Jack Panels
: e.
.
Patch Cords
-:
Pre -Wired Patch Panels
Cull or write for informution on these and
.%

For the FINEST Tape
Recording Heads
and the
ULTIMATE in

A.:..-._
_

Long-Frame & MINI:
Telephone Jacks

r.'
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(603) 4+6 -3335

(201) 579 -5773 Telex 325Fax (201) 579 -6021

449=
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CLASSIFIED
Advertising rates in Classified Section
are:
$1.00 per word per insertion. Initials and

abbreviations count as full words.
"Blind" ads $25.00 additional. Minimum
classified charge $20.00. Classified is
also available at $122 per inch. Order
must be accompanied by payment to ensure publication.
Classified columns are not open to
advertising of any products regularly
produced by manufacturers unless used
and no longer owned by the manufacturer or distributor.
Classified Advertising should be sent
to RE /P, Advertising Department, 9221
Quivira Rd., Shawnee Mission, KS 66215.

FOR SALE (CONT.)

THE MOST COMPLETE
SELECTION OF

NAGRA IV-S RECORDER. Very little use, like new w/o high
price. Xtal sync, cue mic, input/output cables, manuals,
$6200 or b/o HBS Production. Boston. (617) 492 -5836.
7 -88-2t

audio

EMPLOYMENT

TAPIS

LOS ANGELES, Low Budget Motion Picture Co. seeks
qualified person to ENG /MNG new small mixing (to video)
facility for feature films. Poss. staff position. Resume &
Salary history to: Post, PO. Box 46728, LA, CA 90046.
7 -88-1t

All formats Including cassettes

Write or phone for free catalog

T

MISCELLANEOUS

FOR SALE
FOR SALE: Automated Processes parts 312's. 325's,
faders, equalizers, power supplies, 1604 frame. Call
7 -88 -1t
703-527-6084.

AUDITRONICS 740 SERIES: Auditronics 740 36 x 24 with
9 subgroups. 504 point patch bay. Allison automation. Many
features, rigorously maintained and in excellent condition.
For more information contact David at Studio C,
402-346-9450.
7 -88.1t

TEST

WANTED: PULTEC EO's. We will pay $1,000 for almost
any Pultec program EC models EOP1/E0P1A/EQP1A3.
Also wanted EQH2/EOH3/MEQ5/MAVEC/MB1 /any tube or
ribbon microphones and limiting amps. Please call or write
to: Dan Alexander Audio, 2944 San Pablo Ave., Berkeley,
CA 94702, (415) 644 -2363
7 -88-4t

STANDARD TAPE LABORATORY. INC.
26120 Eden Landing Road 15. Hayward CA P4545

Ir,

14151186 -3546
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WANTED: Old studio/theatre gear by Westrex/Western
Electric, Marantz, McIntosh, Tannoy, Jensen, Altec, JBL,
Langevin, etc. and all late model hi-end related items. Contact Charlie Dripps (818) 444 -7079, FAX (818) 444-6863.

I)iro

Ali t.il iAlaslering
LP Pressing
Cumpac I Disc Pressing
Cassette Duplication
o

t

Audiophile

7 -88 -3t

Digital T,t1x Studio

WANTED: AnoLogue Vocoder, Neve input modules,
Tascam 32 or similar Revox. Contact John (516) 483 -9747.

CD Master Tapes
Digital urmal Conversion
Analog -to- Digital Transfers
Digital ('tones
Neve Digital Console

7 -68-1t

I

O.LOCK 3.10c $6500. Pacer w /pad $2775. Fidelipac
Dynamax CTR124 cart recorder $2995. Soundtracs FM 8x4
rackmount stereo mixer $2629. Klark DN300 ED $749.
Neuman KM83, KM84 $368, U89, TLM170 $1095, BS945,
N452 $195. Fostex ribbon mies: M11 $378, M88 $395. AKG
C414/P48 $695. All items new. LinnDrum w/MIDI $1590.
TRAX (801) 298 -3280.
7 -88-lt

29 NEW JENSEN DC SERVO PRE -AMPS, IC design, Pro
Built on plug in "card" mounts. Bias and DC adjustable,
full documentation, $195.00 ea. 408-371-2054.
7 -88-11

Use the

Rapid Facts Card

Sony Wiling
I)AT Cassette

in the back

Dupe

IUROP4DISK, LID.

-; LARK

of this issue!

sit

14'

K STRIE I
YORK, NY 1001

t

(212, 124 -44(II
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Moving?
Take us with you.
Just peel off the subscription mailing label and attach it to the address change card located at the
front of this issue. Please allow 6 -8 weeks to process
your address change.
July 1988
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213/851 -9800

Overland Park, KS 66212
Telex: 42 -4256 Intertec OLPK
Telefax: 913- 888-6697

213- 393 -9285

NEW YORK, NY
Stan Kashine
212- 702 -3401

29th Floor
866 Third Ave.
New York, NY 10022
Telefax: 212- 702 -7802

OXFORD, ENGLAND
Nicholas McGeachin
Roseleigh House
New Street

Deddington, Oxford
OX5 45P England
Telefax: (0869) 38040
Telephone: (0869) 38794
Telex: 837469 BES G

FREWVILLE, SOUTH
AUSTRALIA
John Williamson
Hastwell, Williamson, Rep.
Pty. Ltd.
109 Conyngham Street

Frewville 5063
South Australia
Phone: 799 -522
Telefax: 08 79 9735
Telex: AA87113 HANDM

TOKYO, JAPAN
Mashy Yoshikawa
Orient Echo, Inc.
1101 Grand Maison
Shimomiyabi -Cho, 2-18
Shinjuku -ku, Tokyo 162, Japan
Telephone: 03-235 -5961
Telex: J -33376 MYORIENT

The

Winning Combination
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l i t 1%111'111,11i '41

For Tracking and Mixing
..AMEK G2520

automation. Considered the most powerful
and creive mixing system available.
And no /CAs.

n'ith the GML System...

The combination: the phenominally

Some products are special. The> err, snce
your ability to succeed. They sti-nuh-e

saccessf _l G2520 console is finally available
with the GML system manufactured under

your creativity
AMEK: synonymous with great
rounding, musically transparent tansies.
Proud possessors of an unequallec reputation
br sonic performance.
GML Moving Faders: the last w c rd in

licence by AMEK. Two systems which are
best of their kind, together in a product

tie

which gres you everything you could want
from a console: superb sonic quality for
t-acking and real mixing power to get
complex productions achieved fast.

A
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Head Office, Factory and Sales: Amek Systems and Controls Limited, New Islington Mill,
Regent Trading Esate.
Oldfield Road, Salford M5 4SX, England. Telephone: 061 -834 6747. Telex: 668127 AMEK G. Fax: 061 -834
C593.
AMEK/TAC US Operations: I0815 Burbank Blvd, North Hollywood, CA 91601. Telephone: 8I9/508 9788.
Fax: 318.'508

London Office: AMEK at

H:--1B, 73

-75 Scrubs Lane, London NWIO 6QU.Telephone:

01

-960 2144

8619
6

`Absolutely

the
most
affordable
fi
professional
recorder
on
the
market."..
years ago -more technology to help
you do your job better and faster.

Agile and Easy to Use

he Studer Al' O î is a last. full featured machine for making quick
work of your production tasks.
tape shuttle
Features include:
wheel reverse play right hand edit
tape dump varispeed multifunction
tape timer and autolocator with
programmable "soft keys" digital setting of audio alignment parameters for
phan3 tape speeds and 2 tape types
tom powered mic inputs on portable
optional 1/4
RS 232 port
version
track playback head a variety of portable and console configurations.
including a 4 channel 'h" version.
I

A bold statement. But no exaggeration.

Here's why ... No 2 -track machine
available today -at any price- offers the
same level of advanced technology.
plus Studer audio performance and
renowned Studer quality. Only the
A807.
With the A807. Studer defines a
new price point. If you don't believe us.
check out the competition ... It won't
take you long, because there isn't any.
Broadcast, post production. or studio-in whatever audio environment
you operate -make it your business to
check out the Studer A807. Start with
price ...

High Tech, Low Price

Anyone who thinks "Studer"

always means "expensive." please take
note. With the A807. your dollars actually buy more now than they did five

Studer Audio Performance and Reliability

Advanced phase compensated
audio-electronics and Dolby HX Pro"
ensure that this compact Studer
delivers full -sized Studer sonics.
A massive, die -cast chassis and
headblock, rugged AC spooling motors
and new brushless DC capstan motor.
remind you that the A807 is built with
the same quality and precision that
have been synonymous with the Studer
name for four decades.

So -if "affordable" is not the first
word that comes to mind when you
think of Studer -think again.
Ask us about the A807. The most
affordable fully professional recorder
on the market.

Portable version of the
A807 with wood side panels

Timer autolocator
control panel

Available from Studer Revox Full Line Dealers. Or contact us directly: Los
Angeles (818) 780 -4234 / New York 1212)
255 -4462 / Chicago (312) 526-1660 / San
Francisco (415) 930 -9866 / Nashville
(615) 254 -5651
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STUDER
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STUDER REVOX AMERICA INC.
1425 Elm

Hill

Pike

Nashville,

TN

37210

