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MORE ARTISTS GO GOLD
ON AMPEX THAN ON ALL OTHER TAPES

& é Every artist pictured here has earned the prestigious Ampex Golden Reel Award for creating a gold album
R excclusively on Ampex audio tape. Find out what makes Amipex tape right for your sound. Just call or write

for a copy of our new 456 Technical Brochure, and see why Grand Master®456 is engineered like no other tape in the world.

AMPEX
A MASTER OF ENGINEERING

Ampex Recording Media Corporaticn + 401 Breadway, M.S. 22-02A1 - Radwend City, California 94603 + (415) 367-3809
CIRCLEOT ON FREE INFO CARD
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“Hlectro-Voice NIIIYM Mics Provide the Consistency and Flexlmlny We Were
Looking for, and They Deliver the Highest Gain Before Feedback
of Any Mics We've Used."”

The Hooters are one of the most musically diverse groups performing today. The
band’s unique sound is produced utilizing a variety of acoustic instruments ranging from
the mandolin, recorder, accordion, dulcimer and melodica to the more conventional
““tools of the trade,"’ guitars, drums, keyboards and vocals. With such an incredible
assortment of miking possibilities, The Hooters needed several specific functional character-
istics in a microphone to fully enhance the group’s musical versatility.
Although no microphone is perfect for all applications, The Hooters found exactly what
they needed with N/DYM® Series I1. The EV N/DYM® Series Il product line consists of five
vocal microphones and two instrument mics, ranging from the world’s ultimate concert vocal
microphone, the N/D857, to the value performance leader, the N/D257A. Each N/DYM® mic
features a particular performance criteria and function. From vocals to drums, acoustic and
amplified instruments, no other manufacturer offers a wider selection of
high-performance microphones.
Electro-Voice N/DYM® Series Il —
“The Professional’s Choice."
For additional information, see your local Electro-Voice
dealer or call Mike Torlone, Electro-Voice market development CIRCLE 17 ON FREE IV
manager, at 616/695-6831. Becho?

ElectroVoice, Inc., 600 Cecil St., Buchanan, MI 49107 616/695-6831
Mark IV Audio Canada, Inc., 345 Herbert St., Gananoaue, ON K7G2\ 1, 613/382-2141 a MARK IV ¢
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[f we were to tell you that our new S-7701s the best
digital sampler in the world, youd probably mutter
something about truth in advertising and go on about
your business. When, as you'll discover momentarily,
it's absolutely true. And, as you'll also discover momen-
tarily, the reason for it has less to do with any one
feature in particular than it does with several features

orking in conjunction.

Such as the fact that the Roland S-770 is equipped

+QOI1 SWIITCH

with AES/EBU Digital /O, so it’s actually possible to
set up a fully integrated digital production facility.

We've also equipped our S-770 with both 20 bit
D/A conversion and Differential Interpolation, thereby
giving it higher resphittion than any other stereo sampler.

And while we'té making comparisons, allow us to
offer another one. With 24-voice polyphony, the Roland
S-770 has more voices than any other comparably-
priced sampler. So you're not only assured of getting
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extraordinary sound but the flexibility'to go along with it.
Before we forget, the S-770 is also blessed with
an elephant-like internal memory. It can be expanded
to 16 megabytes which, for those of you without catcu-
lators nearby, translates to 83.5 seconds of continuous
stereo sampling time at 48 kHz—twice as much as any
sampler in its price range.

While we're on the subject of price, there’s one
more thing we should mention. On many samplers

RolandCorp US. 7200 Dominion Circle, Los Angeles, CA 90040-3647

HARD DISK

PERFORM SOUND SYSTEM

INDEX

e sound harrienr

MIDI MESSAGE

SOUND PLAY

)

MARK COMMAND GRAPHIC

you have to add a slew of peripherals. On our sampler,
you don’t. Things like a 40 megabyte hard disk drive,
SCSI port, Digital /O and RGB video monitor output
all come standard.

Of course, these are just the highlights. For the
rocket-scientist information, write us at the address
below or call (213) 685-5141.

And as far as the sonic boom is concerned, that
comes later. When you hear the S-770 being played five.

Roland’

QRCLE 31 ON FREE INFO CARD




EQ plans to become your
pipeline to the industry.

Patching Into the Reader

hings change. That’s one of life’s many lessons. Another, more

positive lesson is that life goes on. Such is the case with EQ

magazine where, with this issue, readers will notice that new

ownership, staff and ideas have come to these pages. The new
staff, loaded with experienced, industry publishing professionals, and bol-
stered by an advisory board of musicians, recordists and sound reinforce-
ment technicians, knows that one of the things that never seems to change in
this ever-changing business is the need for knowledge.

Professional players, engineers, producers — anyone involved in sound
and recording — need to know about the latest equipment. Furthermore,
they need to know how (and how well) that equipment operates. It’s neces-
sary for their — your — very existence. Knowing that a new limiter, MIDI
merger, synchronization device, or software-based sequencer is on the mar-
ket, and that it works effectively, is essential to you — whether for keeping
and getting clients, or for advancing your own creativity.

Disseminating useful information is what EQ is all about. Hands-on tips
and techniques designed to help you do things faster, more efficiently and
with greater confidence are what you'll find in these pages. To that effect,
you'll find new columns dedicated to answering your questions, be they
about particular products, or about generic audio/music problems. Manu-
facturers and industry experts will answer your queries. We welcome your
letters. EQ plans to become your pipeline to the industry.

The past five years have produced many professionals who have put
together personal production facilities — places where they can work at their
own pace. These individuals have, by necessity, simultaneously taken on a
number of jobs — engineer, producer, arranger, player, technician. Along
with those musicians putting together touring racks and soundmixers
working in clubs and mid-size venues, they need a comfortable place to ask
questions and learn. We plan to make EQ that place.

So, throw your hat on the console and put your feet up on that blown
speaker cabinet. You're home.

o) L .
N (i :/, \Ml/

Hector G. La Torre
Executive Director
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A unique digital effects pro-
cessor with analog and digital
inputs and outputs, time code
automation, and magnificent
sound.

There may be digital effects pro-
cessors that rival some of the
300’s features, but you'll never
find one with them all. The 300
delivers precise delay and stereo
pitch shifting, as well as stunning

300 o ersects SYSIEM

reverb and ambience. It auto-
mates sound changes with
SMPTE/EBU time code. And it
inputs and outputs analog, as well
as consumer and professional dig-
ital formats — in any combination.
All with magnificent Lexicon Sound.

The 300 is a powerful tool in
audio for video applications
where time code synchronization
is essential. And in digital video
editing, the 300 ensures that
scene changes are handled
smoothly — in the digital domain.
Because the 300 has digital in-
puts and outputs, it's the perfect
choice for RDAT and CD master-
ing. And for music production
there is an incomparable set of
sounds, as you would expect
from Lexicon.

THE ART AND
SCIENCE OF SOUND

Connectivity redefined
The 300 redefines connectivity
standards for digital signal pro-
cessors. Unique analog and
digital circuits accept analog
signals or digital signals in the
consumer SPDIF or professional

AES/EBU formats. Whether the
source is a CD player, RDAT
recorder, or open reel digital
deck — the 300 identifies and
locks onto the incoming format.
You can then select between
analog and consumer or
professional output formats,
regardless of the
input format.

Consumer in, professional out,
analog in, digital out. The 300
handles them all. You can even
mix analog and digital signals.
This kind of connectivity just
isn’t available anywhere else.

LEXICON 3001l

Total MIDI control
With the 300's real time MIDI auto-
mation you can record parameter
changes on most any sequencer.
The 300 also includes Lexicon's
Dynamic MIDI® allowing you to
control the 300's effects para-
meters from any MIDI controller.
And of course, the sound is
superb. The 300 delivers near-
ly unmeasurable distortion and
exceptional phase linearity
through the use of state-of-the-art
converters.
They're so advanced you
can use their outputs as a
system reference.

The 300 joins the
Lexicon family of digital
effects processors. From
the economical LXP-1 to the

world renowned 480L, they all
share the Lexicon Sound.

For more information about the
300 or any of Lexicon's products, call
(617) 736-0300, FAX (617) 891-0340,
or write Lexicon, Inc., 100 Beaver St.,
Waltham, MA 02154.

exicon

The Art and Science of Sound
CIRCLE 26 ON FREE INFO CARD
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I run a jingle studio in Manhat-

tan and I’'m confused by all the

“professional” DAT decks that
are being sold. What'’s the basic differ-
ence between “pro” and “consumer”
units? What features should I look out
for?

David Mitchell, Syosset, New York

Pro units are different from
consumer DAT machines. Pro
units should give you better per-

formance and should have features you'll
need to integrate them into a professional
studio environment. Among the most
important featurestolook forare balanced,
+4 dB inputs/outputs, AES digital inputs/
outputsand IEC958digital inputs/outputs
(SPDIF). Also keep an eye out for a jog/
shuttle wheel, and sophisticated editing
features for Start [Ds (program numbers)
and Skip IDs. The jog/shuttle wheel turns
out to be extremely useful for precise po-
sitioning of these IDs. Don’t forget that
your pro DAT unit needs rack ears. And
make sure you are getting a professional
implementation of SCMS (Serial Copy
Management System), the copy inhibit
standard for consumer DAT machines.
SCMS never affects the audio quality buta
consumer DAT with consumer SCMS will
inhibit you from making certain kinds of
copies, which could be a problem in a
studio. A pro DAT, on the other hand,
should never prevent you from making a
copy, andshould give you away of selecting
the SCMS level on your tape at least when

you’'re using the analog or AES ports.
Chris Foreman, Marketing Manager
Panasonic Professional Audio

I recently purchased a Nady 650

VHF wireless guitar system for

my guitar. Whenever I turn off
the guitar volume at the end of a song
there is a very loud series of pops. It only
occurs with one of my guitars, a Charvel
“Fusion Deluxe” (passive electronics),
which has one stock, single coil, ceramic-
type, high-output pickup (neck) and one
Seymour Duncan “J.B.” high output
humbucking pickup (bridge). I had the
guitar completely checked out and re-
placed all pots and wiring, but to no avail.
The sound does not occur with my other
brands of guitars that have the same elec-
tronics, nor does it occur when I am
plugged directly into my amplifiers. Is
the problem the high output pickups, or
some freak grounding problem common

10 DECEMBER EQ

This is where your technical questions get answered.
Send your query with your name and address to:
EQ Editorial Offices, 939 Port Washington Blvd.,

Port Washington, NY 11050

to Charvel? Have other guitarists using

this wireless system encountered the

same situation? How can I rectify it?
Rello T. Slick, Bronx, New York

Metallic scratching noises result
it bare metals are rubbed in the
vicinity of a wireless transmitter

orreceiver. This happens when you turna
volume pot all the way off (it goes from
metal on carbon to metal on metal). The
phenomenon is common to all FM trans-
missions. Make sure all guitar volume and
tone pots are clean and contacts solid. A
220 pf capacitorsoldered across the hot to
ground terminals of the pots will eradicate
pot noises by effectively shorting any RF
hot spots caused by the proximity of the
transmitter. The capacitor will not affect

the transmitter or a regular guitar cord.
Tono Rondone, Advertising Manager
Nady Systems

I am using 60-degree and 90-de-
gree Flat-Front Bi-Radials (c)
and find I can't get the response
matched up (using the same drivers on
each). I almost need different equaliza-
tion for the two horn groups. Is there a
problem here I’'m not aware of? Is there a
remedy? The 60-degreehorns haveapeak
at about 7-8 kHz, and a notch just above
it. The 90-degree horn doesn’t show this
glitch.
Andy Pensa, Eau Claire, WI

You don’t specify the exact na-
ture and number of elements in
the 2380/2385 array, so it is not

possible to pinpoint the problem. Looking
at the JBL 2380 and 2385 data sheets, both
horns have very smooth on-axis response,
and relatively less high-frequency boost is
needed to achieve flat on-axis response.
Identical high-frequency power-response
correction equalization can be used on
both horns. This can be applied via an
active circuitin the electronic crossoveror
via matching passive JBL networks. Field
modifications to implement this equal-
ization are described in one of JBL’s
Technical Notes, Vol. 1, No. 5.

The response differences described do
not appear on the measured curves in the
horn’s specifications, so identifying their

source is difficult. If you are certain the
differences are due to different horns and
you feel they need to be corrected, then
separate equalization will need to be ap-
plied to each horn type. This cost would
probably not be worth the benefit as in-
teraction might cause response pertur-
bations equal or greater than the differ-
ences you are trying to correct. The differ-
ences are more likely due to mounting or
local acoustic environment differences,
or perhaps there is a discrepancy between
the two compression drivers.

In normal array usage, a single 2385
(60-degree x 40-degree) might be used for
far coverage, and a splayed pair of 2380’s
(90-degree x 40-degree) for front cover-
age. Westress theimportance of physically
aligning the drivers in such arrays as these
in order to minimize peaks and dips in
responseintheareaofoverlap ofthe horns.

Ted Telesky, John Eargle
JBL Professional

(Editor’s Note: JBL’s Technical Notes are
available from the company at no cost by
writing to Ms. Lynn Cope, Literature Dept.,
JBL Professional, P.O. Box 2200, 8500
Balboa Blvd., Northridge, CA 91329.)

Could you please give me an ex-

planation of the terms “side-

chain” and “frequency depen-
dent” as they apply to compressor/lim-
iters? My equipment offers these possi-
bilities, but because I'm not sure what
these functions will do for me, I'm pres-
ently not using them. Specifically, how
should Isetup to use these functions, and
what do I listen for to know the process is
working?

Ed Gusser, Ellenville, New York

Side-chain refers to the way
through the signal path, which
starts at the microphone or instrument,
and ends at the recording heads or speak-
ers. The side-chain is a detour from the
directsignal path much like an effects loop.
However, unlike the effects loop the side-
chain is used for controlling the signal
path. This control can be accomplished by
means of equalization, compression,
continued on page 74



AND WE QUOTE:

*We also tested this monitor for each of its EQ settings. The EQUAL-
1ZED mode for the PRM 308S was very strong in the rock and dance
music categories, proving the highest scores in the gestalt,
clarity, and depth areas of the dance music categories. On
top of these honors, the 308S monitors were felt to have some of the best
bass extension of any monitors tested. Inthe EQUALIZED
mode, they were smooth and provide a very deep stereo image that must
be heard to be appreciated

In REFERENCE mode, the PRM 308S took first place as the best-
liked speaker of any tested. In this mode they were thought to
possess the clearest and most musical sound for all three types of
music. The main difference between the two EQ settings lies in the
frequency balance characteristic, where the REFERENCE mode is much
more even sounding than the EQUALIZED mode. Many of the near-field
monitors tested had a light midrange feel to them, so it's nice to be able to
flip a switch to get an idea of how your music sounds in an alternate envi-
ronment. The PRM 308S system is truly wonderful and must
be heard to be believed!”

Rolf Martley » Audio Consultant/Journalist « EQ Magazine*

*I read with interest The Electric Near Field Monitor Test in your premier
issue. | spend most hours of my rapidly dwindling life in front of the little
beasties and don't have the time or the money to buy every speaker you
reviewed. On the basis of your admittedly subjective evaluation |
acquired, against my better judgement, a pair of Peavey PRM 308S's
mean, just the logo, you know?

Boy, was | wrong. As you say, the speakers have to be heard to
be believed. So far I've mixed two albums through them (Steve Earle
and Colin James, both to be released in June) and neither | nor the
artist could be happier with the results. Thanks for the tip and, if
you're in the market for several pairs of NS-10s, please give me a call

Joe Hardy * Ardent Recordings * Memphis, TN

I
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Peavey Audio Media Research™ 308S ™ Phase Reference Monitors

From the 14 models of near field studio monitors tested by
GPI Publications in EQ Magazine, the Peavey Audio Media
Research™ PRM™ 308S ranked number | in Reference
Mode*. In categories such as stereo imaging, spectral
balance, transient handling, clarity, and gestalt, the
308S was picked as the best-liked of those tested. . . If
that isn't enough, it also placed third in the Equalized
Mode.

The PRM 308S features a unique foam blanket surrounding
the high frequency and midrange components to provide more
accurate "imaging” and "transparency.” A highly desirable
reference/equalization response mode switch is provided,
simulating different listening environments . . . tracking or
mixdown.

Experience what the test panelists of pro engineers and
producers discovered. Call us at the factory for the name of
your nearest Peavey AMR dealer to arrange a "test
listen" of a pair of 308S reference monitors for your-
self, and perhaps your frame of reference will
change, too.

*GPI Publications, EQ Magazine MAR/APR 1990 "The Eleciric
Neur-Field Acid Test"

FEMEY

AUDIO MEDIA RESEARCH

PEAVEY ELECTRONICS CORPORATION / 711 A Street « Meridian, MS 39302-2898 ¢ Phone (601)483-5372  Telex 504115 ¢ Fax 484-4278 « ©1990

CIRCLE 29 ON FREE \NFO CARD



CAUSE AND EFFECTS

Lexicon’s recently-introduced LXP-15 digital multi-effects system offers Dynamic MIDI
effects automation and remote control. Dynamic MIDI provides control of 27 variable
parameters, and all major functions can also be controlled from the front panel with a
switch, an adjustment knob, and a soft-key controlled display indicating an effect’s
parameters and operating status. Five inputs for external foot switches are included, and
can be patched to any of the effects parameters. It can be used for recording as well as
sound reinforcement applications.
There are 128 preset effects and
there is room for 128 custom effects.
Included among these are pitch
shifting, stereo delays, gate, plate,
and reverb. It retails for $1050. For
more information contact Lexicon,
100 Beaver Street, Waltham, MA
02154, 617-891-6790. Circle reader
response number 145.

SOUND OF MUSIC

A line of sound reinforcement
loudspeakers ranging from the
compact CSX25 to the full-size
CSX70, the CSX Series from
Community offers high current
quick disconnects to the speaker
leads, large steel input panels, and a
new crossover network utilizing
PowerSense proprietary circuitry.
The PowerSense circuitry monitors
operating power levels and provides
positive indication of overload
conditions. They are designed for
concert sound reinforcement,
nightclub, church, or public
speaking applications. Prices range
from $321 to $1066. For more
information contact Community
Light & Sound, Inc., 333 East Fifth
Street, Chester, PA 19013, 215-876-
3400. Circle reader response
number 119.




AMPLE FIRE

QSC Avdio’s EX 4000 dual monaural
power amplifier lets you turn up the heat
— with the extra protection of a built-in
limiter that prevents distortion during
clipping, and a thermal management
system that varies fan speed with heat
requirements. Open input

architecture allows for second generation
signal processing inputs or computer
control, digital audio, or fiber optic
systems inputs. The dual mono configura-
tion allows its protection systems to be
placed independently on each channel. It
also offers
detented
gain

controls
with 2dB
steps, LED
status arrays,
and Neutrik
SpeakOn and 5-way binding post output
connectors. It lists for $1998. For more
information contact Q$C Audio, 1926
Placentia Avenue, Costa Mesa, CA 92627,
714-645-2540. Circle reader response
number 166.

ALL DAT JAZZ

Frequent fliers take note: Bruel & Kjoer
and Panasonic Professional Audio have
jointly introduced the first completely
portable R-DAT recording/archiving
system housed in a padded flightcase. The
system couples two B&K Type 4006
omnidirectional microphones and
Panasonic's SV-255 portable R-DAT
recorder. Accessories included are a
stereo mount, P-48 power supply, UA-
0777 nosecones, battery charger and
battery. B&K Type 4011 cardioid micro-
phones are optional. The package,
contained in a lightweight Zero/
Halliburton flightcase, meets F.A.A.
airline regulations for carry-on luggage.
The system is available from Bruel & Kjaer
and costs $6,200. For more information
contact Bruel & Kjaer, 185 Forest Street,
Marlborough, MA 01752-3093, 508-481-
7000. Circle reader response number 115.

MIX
MASTER

Tascam’s M-3500 console series is designed for
space-conscious studios who require ample
facilities for 24-track and MIDI equipment.

The M-3500/24 ST in-line mixing console

offers 24 mono and eight stereo inputs,

and 28dB headroom and -130dB (EIN)

mic preamps. It features eight group

busses, an in-line distributed monitor section

with a dedicated fader and mute, four assignable
effects returns and eight stereo channels. The board
also includes four-band equalization with two mid-
range frequency sweeps and a high-pass filter. Prices
range from $7499 to $9499. For more information
contact TEAC, 7733 Telegraph Road, Montebelio, CA
90640, 213-726-0303. Circle reader response number
187.

13 DECEMBER EQ



m PRODUCTS

SPEAKER OF THE HOUSE

JBL’s newly introduced SR4700 Series of
sound reinforcement loudspeakers
consists of six models featuring a durable,
lightweight cabinet design. These high-
tech loudspeakers feature titanium
diaphragm compression drivers with
patented diamond surround, Bi-Radial
horns, and new Vented Gap Cooling low
frequency transducers. Prices range from
$795 to $1695. For more information
contact: JBL Professional, 8500 Balboa
Boulevard, Northridge, CA 91329, 818-
893-8411. Circle reader response number
135.

HEAD BAND

Incorporating a new “hinged” earphone design
that lets them be angled away from the ears, the AKG K1000
reference listening system headphones connect right to an amplifier’s
loudspeaker terminals rather than the headphone jack. Its cord leads are
recessed into the underside of each earphone so that the headphones can be
placed upright. The transducer design delivers an acoustically transparent
perspective, and offers extended low frequency performance. Its suggested retail price is
$895. For more information contact AKG Acoustics, Inc., 77 Selleck Street, Stamford, CT
06902, 203-340-2121. Circle reader response number 102.

DYNAMICS DUO

The MDC 2001 from A.R.T.isa
two-channel stereo device designed as a
master controller for live sound reinforce-
ment, vocal/instrument tuning and
enhancement, or as a final level control-
ler/signal enhancer for tape mastering.
You won’t miss a beat with more than 45
LEDs for monitering all functions and
level variations. Its compressor features
independent control of all needed
functions including input gain, slope,
attack and release time. For external
control, a switchable detector loop offers
gating, keying or ducking functions. The
controller comes in a standard 1U rack
design, and retails for $499. For more
information contact Applied Research &
Technology, 215 Tremont Street, Roches-
ter, NY 14608, 716-436-2720. Circle reader
response number 110.




BITS &
PIECES

Get seamless
recordings with
Panasonic’s

newest profes-

sional DAT

deck, the SV-

3700 — a high
resolution 4-DAC
system featuring high
performance A-D one bit convertors. The
DACs ensure replay quality by removing zero cross e
distortion and enhancing linearity. The recorder is equipped with AES/

EBU and IEC 958 consumer format digital inputs and outputs. A comprehensive

display allows for monitoring of error correction rates during playback. An infrared remote
controls all front panel functions and a shuttle wheel with two variable speed ranges lets you review program material
slowly or at high speeds in forward and reverse. It lists for $1599. For more information contact Panasonic, One
Panasonic Way, Secaucus, N] 07094, 201-348-7000. Circle reader response number 163.
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Looking for an all-in-one recording
system? Roland’s MV-30 Studio-M
allows you to create music, edit
internal sound, and automate or
control mixes in real-time. [t can
work as a standalone or control a
large MIDI configuration. Its built-in
sequencer has an internal memory
capacity of 50,000 steps and 16 tracks
(eight internal, eight external). A real-
time pattern trigger mode provides
fast access to ten assignable patterns,
which can be triggered individually
or simultaneously and recorded as a
sequence. For more information
contact Roland Corp., 7200 Domin-
ion Circle, Los Angeles, CA 90040-
3647, 213-685-5141. Circle reader
response number 170.
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Don't eat. Don't drink. Don't sleep. Don't stop.

Yamaha Corporation of America, Professional Audio Division, P.O. Box 6600, Buena Park, California 90622-6600.



While the rest of the sane world sleeps, youre
wide awake. Possessed by a need more instinctive than any other.
The need to create music. It's why Yamaha created
the Personal Studio Series. If you've
been thinking of getting your own, don' stop.

Pervonal Studio Series

YAMAHA

Prafessional Audio Division

CIRCLE 43 ON FREE INFO CARD



Have Tape
Will Travel

ANDY EZRATTY'S
mobile recording
studio, Effanel Mu-
sic, has gained in-
dustry attention because of its
automated $SL console and
48-track Somy DASH re-
corders. However, this is only

thelatest evolution of portable
systems that Ezratty has de-
signed and used since the late
1970s, when he assembled a
portable system into road
casestorecord Mick Fleetwood
in Ghana for RCA. The result-
ing LP, “The Visitor,” was a
breakthrough album in inter-
national music, and put
Ezratty’s style of portable re-
cording on the world map too.

Since that time, Effanel Mu-
sic has mixed and tracked ev-
erywhere from the Chilean
Andes to Suzanne Vega's
living room, and the por-

tablerecordingconcepts

that Ezratty pioneered

areof valuetoanybody

eager to take their gear
on the road.

“One of the secrets is to
have all your cable inter-
connection and grounding
pre-configured all the time.

Once you get to your loca

tiononlyafewcablesare
hanging there and
the grounding is

already taken care of. All the
cables should always lead to
the same place with its own
multi-pinconnector.” He adds
that, “the entire system should
be built in a room and made
quiet and reliable beforehand
so you get where you're going
and simply set up.”

This doesn’t mean buying
the most expensive gear you
can afford, either, Ezratty ad-
vises. His first system featured
a vintage 1970s Stephens 814
tape machine (*it had no cap-
stan, no brakes and it handled
tape like a Studer A-800 ten
years later”) and a three-piece
Sound Workshop Series 30
console (“soit could be carried
by one person™).

Though Ezratty is particu-
larly fond of older Stephens,
AmpexMM-1200and ATR-124
tape machines, and though he
credits Daniel Lanois, whom
he worked with on U2’s “The
Unforgettable Fire,” with con-
figuring one of the more inno-
vative, vintage systems cur-
rentlyin use (featuring APland
Neve equalizers), he advises
that reliability is an essential
part of any system configura-
tion. “I wouldn’t want to have
asystem that is so esoteric be-
cause it may not be as dep-
endable. No artist trying to
capture a moment wants to
have a 24-year old capacitor
going out on him.”

As such, he is intrigued by
the number of smaller remote
recording assignments that
are currently being recorded
with the Akai A-DAM. He also
advises that although some of
the older tube mics may be
preferable from a sonic stand-
point, they don’t necessarily
stand up to the rigors of the
road. “We find that for live
recording, we tend to lean
towards smaller capsule
mics because in the real
world there seems to

be overabundant bass
— especially in a
concert situation.”

Photo by Peter Monroe
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of Modem
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& Sound

Ezratty asserts that miking
is crucial to the system’s port-
ability. “The better suited the
mic is for a particular environ-
ment the less you have to com-
pensate externally with extra
outboard equipment,” he says.

Of course, working with the
rightartists never hurts. Doing
vocals with Suzanne Vega on
her “Days of Open Hand" al-
bum in her living room af-
forded the artist the comforts
of her home.

Bryan Ferry's “Boys and
Girls” was set up and tracked
in a TriBeCa loft. "The right
artists don't fight the environ-
ment, and they want to record
in unconventional places be-
cause they're looking for
something that goes beyond
acoustics,” Ezratty says.

“It’s basicallya mindset. You
have torealize that the record-
ing doesn’t have to sound like
everyrecordingstudiointown.
If it sounds pleasing to you
then it's fine.”



One MO’ Time

The first recordable /erasable
magneto-optical (M0) CD systems
were introduced at AES, and will be
made available to professional
audio users within the next few
months.

MO is the only recordable/
erasable (D format that is currently
being manufactured. Developed by
both professional and consumer
gudio manufacturers, it uses 5
1/4-inch disks and can only be
played on these soon to be
available player/recorders.

Akai, New England
Digital, and WaveFrame
debuted various MO products for
their recording systems. The Akai
and WaveFrome systems are
recordable and erasable, while New
England Digital’s unit is Write
Once/Read Many (WORM). The
Solid State Logic ScreenSound
utilizes the WORM system from
TEAC for sound archiving.

The Akai system is a single
drive unit that will be incorporated
into its DD1000 recorder/editor,
and is designed primarily for
remixing. The WaveFrome version
is designed for real time two-track
recording fo be used with the
company’s AudioFrame and
CyberFrame digital audio worksto-
tions. Meanwhile, the NED WORM
system is primarily a backup sound
storage device, which the company
eventually plans to supplement
with a sound library.

The three MO systems are
incompatible with each other. But
becouse of better storage and faster
access capabilities, many observers
feel MO systems could replace DAT.
Stay tuned.

First Look:
DAWSs

Get
Personal

OW THAT you've

read all the news

you can stand

about the wonders

of the new digital
audio workstations — make
room for some news worth
hearing:

At this year's AES a range of
new, affordable digital audio
workstations, hard disk and
tape-based digital storage sys-
tems with signal processing
and equalization, built-in
consoles and other cool
complements, were intro-
duced.

The operative word is af-
fordable, a nebulous term
ranging between $20,000 to
over $40,000 but still a far cry
from the quarter-million-dol-
lar systems that introduced
the concept. Even more sig-
nificant is the entry of manu-
facturers ordinarily assoc-
iated with MI into what had
previously been exclusively a
high-end pro audio domain.
Korg, Roland and Yamaha have
added the experience gained
from producinginnovativeand
sophisticated keyboard, se-
quencing and signal process-
ing systems to mature tape
and hard drive technologies to
produce workstations in a
price range that, while expen-
sive from a purely MI point of
view, bring powerful digital
audio workstations to a new,
cost-effective price-point.

But how good are they and
when will they truly appear?
Unfortunately, only time will
tell the full story. However, EQ
had an opportunity to preview
some of these units and tweak
a few knobs ourselves at AES.

Yamaha’s DMR8 Digital

Multitrack Mixer/Recorder is
atape-based eight-track 20-bit
digital recorder with a 24-bit
digital mixer, timecode reader
generator,32-pointauto-loca-
tor and automated mixing sys-
teminasingle integrated unit.
The DMR8 uses a proprietary
Yamaha tape cassette loaded
with 8mm tape. In addition to
the eight audio tracks, two FM
auxiliarytracksand atimecode
track are included, all running
over a stationary head. Run-
ningtimeis22 minutes pertape
at 44.1 kHz; 20 minutes at 48
kHz.

It alsorecords at 32 kHz. The
real-time automation system
stores allmoves and snapshots
(storable to card), with three-
band EQ and three digital sig-
nal processors (derived from
the SPX900/1000 chip) and the
DMR8 uses a moving fader
system. Eight faders are multi-
assignable in three banks to a
range of functions, starting
with input level control
through automated mix-
down. These eight faders can
handle 24 channels of digital
audioin groupsof eight during
a mix when connected to
other digital audio sources
(such as a DRUS, a rack-
mounted version of the DMR8
without a mixer). The Yamaha

Yamaha DMR8 Digital Multitrack
Mixer/Recorder

system, which originally de-
buted at last year’s NAB, is one
of the most evolved products
in the current crop of DAW
debutantes. The tape-based,
stationary head system pro-
vides relatively fast access
times and an easily removable
storage medium. The propri-
etary tape format could be a
problemin terms of supply but
Yamaha product specialist
Michael Nicoletti maintains
that Yamaha will provide
strong support. The multiple
assignment of the faders to
many functions keeps the sys-
tem compact but makes for a
cluttered front panel.

This may make the learning
curve on the DMR8 steep, at
least initially. The mechanical
faders are the only tactile links
to more conventional console
technology. However, the unit
has just entered production in
Japan and U.S. release is ex-
pected forearly 1991. The total
system cost will be about
$40,000.

The new Korg Digital Audio
Production System has a simi-
lar, though considerably less
cluttered desk layout. This in-
tegrated eight-track, hard
disk-based system comes with
about 100 minutes of audio

continued on page 22
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Sampling
Clearmountain

WISH YOU could have Bob
Clearmountain mix your
new recording?

Sorry, stand in line. But,
courtesy of East West, you
canuse some of the 259 drum
sounds he recorded direct to
DAT at Bearsville and A&M
Studios.

“I'm tired of having to lis-
ten to demos with crap drum
sounds,” Clearmountain
says.

“I've had access to two of
the bestrecordingstudios for
recording drums on the
planet, and over the years |
have gained a bit of experi-
ence at recording drums,” he
says, “so | thought some of
you sample freaks just might
enjoy this.”

Though some were
sampled into an Eventide
H3000SE with 44.1 kHz sample
rate and 16-bit resolution, all
were played live. Those re-
corded at Bearsvilleand A&M
Studio A utilized Neve con-
soles, while samples taken at
A&M Studios B and D were
recorded through Solid State
Logic boards.

Clearmountain’s samples
includes “dry” (minus effects)
bass and snare drums in
mono with stereo ambient
versions.

For some tom tom series,
the “dry” signal was recorded
on the left and the ambience
on theright. Another series is
centered with stereo ambi-
ence. The result is an exten-
sive menu of drum sounds.

Use them and you'll have
one up on Bob himself. None
of the samples have yet to be
used in any of his own
projects.

Now how should your law-
yer handle that album credit?

If you need any further in-
formation, please feel free to
contact East-West at: 8787
Shoreham Dr., Suite 807, Los
Angeles, CA90069; (213) 659-
2928.
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EQ’s Digital IQ

1.hn DAT, what is the method that insures
totating record or playback heads remain
centered along the helical track on tape?
A FTIA  B.ATF C AT

2. Coercivity is measured in

A. Hertz  B. Megabytes  C. Qersteds

3. What is the residual magnefism of o
magnetic medium ofter it has been
recorded to maximum capacity?

A. Refentivity B. Coercivity C. Quantivity

4. puity is o simple form of error
detection that

A. subtracts an extra bit from each word
B. adds an extro bit to each word

€. splifs extra bits

5. Dither is added to an incoming signal ot
the time of encoding to reduce or mask the
effects of

A. distortion

B. magnetization

C. quontization

6. The process of combining two or more
channels of information info one is

A. duplexing

B. mulfiplexing

C. oversampling

7. in o digitol word, the first bit in the
word sequence defining the largest

4

T ;:::—";":E._—’: e

increment of resolution s the

A. Least Significant Bit (LSB)
B. Most Significant Bit (MSB)
C. Significant Originat Bit (S0B)

8. iregular low level signal fluctuotions
are

A, ortifocts

B. digitally generated

C. random noise

9. A type of digtal ilter that uses

oversampling to enable implementation of Snuff Walden hos
anti-liasing without undesitable analog recently purchosed o
side effects is known as o Sony APR-24 24-track

analog recorder to be
used on future TV
music projects
including the
upcoming shows

"The Outsiders” ond
"Working Girl."

A. Finite Impulse Response (FIR) Filter
B. Infinite Impulse Response (1R) Filter
C. both A ond B

10. What is caused by the creation of
false signat components

during the analog-to-digital conversion
pracess?

A. Anti-Aliosing

B. Aligsing

C. Angst

EQ would like fo credit DIC Digital's Pocket
Guide: To Digital for the questions and answers in
this quiz. For a complimentary copy of this
valucble reference booklet contact DIC Digital
Supply Corp., 222 Bridge Plozo South, Fort
Lee, NJ 07024, 800-DAT-1-DIC.

Answers: 14, 2<, 34, 4b, 5¢, 6b, 7, 8<,
9-q, 10+h.



Just The
Snuff

PROJECT studio is re-
sponsible for several of

the most popular
soundtracks you're hearingon
thisyear’s TVschedule, thanks
to the work of Snuff Walden
Productions, which wrote the
themesto “Wonder Years”and
“thirtysomething.”
Company owner Snuff
Walden also wrote and re-
corded the tunes to the Emmy
award-winningdrama “Roevs.
Wade” and, as part of his pro-
ductionstudioupgrade, he has
purchased a Sony APR-24 24-
track analog recorder to be
used on other TV music
projects including “The Out-

siders” and “WorkingGirl” and
an upcoming NBC movie en-
titled “U.F.O. Cafe.”

The recorder has a bar graph
metering system, multi-fea-
tures synchronization facili-
ties, and amorphous record
and play heads. "Its simplicity
is what makes it so great,” says
Walden. “Operationally, it
works greatbecauseithasajog
shuttlie wheelthatletsme move
along one frame at a time as
I'm going through the video,
allowing me to keep track of
the SMPTE timecode.” The
APR-24 also offers 14-inch reel
capability, 15/30 ips selection,
processor-assisted keystroke
alignment, and remote audio,
transport, locator and syn-
chronizer control.

Random

Access

Dave Edmunds recently purchosed a 10+
chonnel, 20-input Tascam 688 Midi studio
to work on demos in his home recording
studios. L Alwynn Willis Ministries
have purchosed Taseam 112 and 122
cossette recorders/reproducers. The 4-rack,
2<honnel cassette machines will be used to
record sound tracks and sermons. [ Greg
Allman recenfly purchosed ¢ Tascam 4-
tiock Porta If ministudio to record some ideas
on the road. [J Bruce Springsteen hos
taken delivery of o Semy P(M-3348 48-
track digital audio recorder for his new
project studio. The DASH multifrack recorder
is compatible with the two PCM-3324 24-
track recorders he olready owns, and is being
used to record material ot A&M Studios.

OJ Adrian Lee of Mike and the Mechanics
has purchosed a Soundtracs IL 3632
console with Tracmix automation to be
installed in his private studio. [ Herbie
Hancock hos recently purchased two Akai
12-rack A-DAM digital recorders which he
expects to combine at one 24-rack digitol
installation. Cumently touring with guitarist
Pat Metheny, bossist Dave Holland
ond drummer Jack DeJohnette, Honcock

The Place

HERE'S yet another
spatial imaging process
to consider when you're
considering mixing your next
project with @ Sound and B.A.S.E.
Roland has introduced the
Sound Space Processing Sys-
tem, a technique that repro-
ducesathree-dimensionalau-
ral environment on a conven-
tional two-speaker system. It
too can be used for mixing,
mastering, video soundtrack
production, and TV and FM
radio broadcasting. What's
more, the processing system
requires no additional equip-
ment for playback.
The basic components in-

is using one of the machines for oocation
recording. Meanwhile, the second A-DAM has
already been installed in his project studio,
Hancock Music, in Los Angeles. At the same
time, Stevie Wonder has purchased his
third Akai A-DAM recorder. [ Artists
currently touring with Electro-Voice N/
DYM microphones include Aerosmith, The
Jetf Healy Band, MC Hammer,
Prince and Santana; the mic is
acclaimed for providing very high gain before
feedback. Aerosmith and Prince are using
Electro-Voice's DeltaMax concert systems as
well. CJ Drum roll, please. And the winners
of the recent Ampex Golden Reel Awards
are rackers Joan Jett & the Black-
hearts, red hot rapper Young MC, dance
music don Stevie B, and soul sensation
Luther Vandross. Joon Jett's LP “Up Your
Alley” and Young MC's elbum “Stone Cold
Rhymin"“were recorded exclusively on
Ampex Grond Master 456 audio mastering
tape. Country and westen singer Keith
Whitley was posthumously awarded o
Golden Reel Award for his album, “Don’t
(lose Your Eyes.”

clude a Sound Space Proces-
sorunit, twoA/D/A converters
and the Sound Space Control-
ler unit itself. The processor
unit processes four signals
simultaneously, and trans-
aurally processes binaural
sound for reproduction
through two-speaker systems.
Azimuth and elevation of
sound images are adjusted by
the rotary dials of the control-
ler unit, while MIDI 170 con-
nectors provide manipulation
of channel signals via MIDI
messages from an external
device such as a MIDI se-
quencer. The processing sys-
tem can be used to design a
particular soundfield on every
track during mixdown on a
multitrack recorder.
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mUPDATE

Personal DAWs

continued from page 19
storage at 44.1 kHz and is ex-
pandableto five times thatsize.
In an attempt to overcome the
inherentup/downloadingtime
requirements of Winchester
disk systems, an integrated
streamer backup tape system is
standard, although the oppor-
tunity to see it in action didn’t
arise at the show. A 16-track se-
quencer is onboard, along with
good video interfacing (LTC,
VITC and RS422 ports), both
analog and digital 1/Os, exter-
nal digital word clock sync and
a pair of MIDI connections.

The front panel is rather
pleasing to the eyes; while fad-
ers are assignable to various
functions, bussingisdonemore
conventionally, a jog wheel is
provided for scrolling, and au-
dio program controls are acti-
vated by the familiar “PLAY, FF,
REWIND,” etc. buttons. These
make the Korg system quite
instinctive. Still under devel-
opment, the company main-
tains that it will be available by
late summer/early fall of 1991
for about $30,000.

The Roland DM-80 Hard Disk
Recorderisalsoan exciting new
technology statement. Its 100
megabyte hard drive holds four
tracks, which can be doubled to
eight internally as an option
with a 200 megabyte drive. The
DM-80 is interfaceable with a
Macintosh computer as a con-
troller, and recording time can
be additionally extended by
hooking up to a magneto-opti-
cal drive via a SCSI port. Re-
cording time at 32 kHz is 25
minutes; at 44.1 kHz it’s 18
minutes; 16 minutes at 48 kHz.
The unit has digital EQ and
the system requires an external
mixer.

Unfortunately, the demo sys-
tem at AES wasn't ready,but a
discussion of layout should
help. The DM-80’s main inter-
face is the remote, and its out-
ward appearance will be more
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familiartosequencerhardware
users than to recording engi-
neers, although a Macintosh
screen should give some com-
fort when using multiple units
for more tracks. A 240 x 64-dot
LCD screen provides clear,
easy-to-read accesstotheunit's
functions,andajackis provided
for connecting the remote to a
QWERTY keyboard. A jog
wheel gets you around the
functions and allows for scroll-

New Heads
Are Better
Than Old

O THE delight of many

vintage analog tape

machine owners, JRf
Magnetics has recently intro-
duced the PLX line of replace-
ment heads, which includes a
set for the popular TEAC 80-8
1/2-inch eight-track tape ma-
chine.

“We're trying to make
maintenance cost-effi-
cient for people who
want to use discontin-
ued tape machine mod-
els,” said John French,

JRF Magnetics president.

The TEAC 80-8 is a
very widely-used analog
workhorse that had been
difficult for some owners to
maintain dueto high replace-
ment parts costs.

“The new heads have also
been designed to improve low
end response at higher speeds,
and retain that quality two or
four times longer than the
standardheads,” Frenchadded.
Atestament to the TEAC80-8's
widespread popularity and
longevity is the fact that French
recently bought one himself
and added the new heads.

Replacement heads for two

=
+©

ing. There are eight location
markers hard-assigned to the
front panel. And PC-type func-
tion buttons coexist well with
tape recorder-type controls
here. Roland says the system
should be ready next year at an
as yet undetermined price.
Incidentally, all three sys-
tems address video applica-
tions with SMPTE and other
coding systems and sample
rate conversion capability
(real-time or otherwise). The
fact that they are not fully
ready to market means that the

othervintage models, the Tascom
8516 one-inch 16-track and the
Ampex MM1200 two-inch 24-
track machines, have also been
made available.

French describes the niche
his company hascarved by say-
ing, “We're trying to service the
users of older machines who
don’t want to stop using a
workhorsemachine.” Forthose

-

companies are watching wind
direction very closely in terms
of features and software up-
dates before committing
themselves fully. The bottom
line, though, seems to be that
a variety of systems using a va-
riety of approaches and a lim-
ited number of formats is on
the very immediate horizon.
And now because they're
being offered by MI manufac-
turers, you can also see these
digital audio workstations at
NAMM in January.

—Dan Daley

who want to deal direct with
TEAC, replacement record/
playback heads are available
at a retail price of $778.

For more information con-
tact JRF Magnetics, 249 Kennedy
Road, PO Box 121, Greendell,
NJ07893,201-579-5773, or TEAC
Corporation, 7733 Telegraph Road,
Montebello, CA90640,213-726-
0303.

TEAC 80-8

)
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m WITH A VIEW

Maui Wowie

Steely Dan's Walter Becker builds himself a place in
paradise - with a little help from his friend, John Neff.

STUDIO NAME: Walter Becker's Home Stu-
dio, Ulupalakua, Maui
OWNERS/OPERATORS: Walter Becker, John
Neff

CREDITS: Windham Hill Records, Warner
Brothers Records

STUDIO DESIGNER: Peter Maurer, Bau-Ton,
Los Angeles, CA

DESIGN NOTES: The 18 x 22 foot control
room was built in a redwood house where
Becker formerly used to practice, featur-
ing 15 feet of glasslooking out on theislands
of Kaho’olawe and Molokini with views of
Lanaiand West Maui...Thestudioislocated
in a separate building and is viewed
through a closed circuit monitor from the
control room...The iso room is built on a
separate slab and physically doesn't touch
the studio itself...Wiring is in accessible
conduits under the ground.

CONSOLE: Soundtracs IL 4832, 48 x 32, two
effects return modules for an additional
eight effects returns, extended patchbay
for additional 96 tie-lines, Penny & Giles
faders, automation-ready.

TAPE MACHINES: 3M 32 track and fourtrack
digital, Mitsubishi X-80 two track digital,
Fostex E-16 16 track, Fostex Model 20 cen-
tertimecode two track, Sony DTC-500 DAT,
Panasonic SV-3700 DAT.

MONITORS: Meyer HD-1, Toshiba closed-
circuit TV link to the studio.

OUTBOARD GEAR: UREI LA-4, dbx 161,
UREI 1176LN, dbx 160x, Rane DC24, Sony
MUR-201, Alesis Midiverb, Alesis XT:C,
Roland SRV-2000, Yamaha SPX90, Korg
SDD2000, Roland SDE-1000, Omnicraft
GT-4, Drawmer DW 201, Massenburg GML
8300 preamps, Massenburg GML 8200
parametric EQ, Meyer CP-10 dual para-
metric EQ, Tube Tech PE-1b, Summit four
band parametrics, Yamaha Q2031, Wen-
del Jr, Russian Dragon time comparator.
KEYBOARDS /SAMPLERS: Korg SGX-1D
digital grand piano, Yamaha DX7 Il FD,
Yamaha DX7, Akai S1000, Akai $950, Akai
MPC-60, Oberheim Matrix 1000, Roland
D-550s, Kurzweil 1000PX plus, Korg M-
1REX, Yamaha TX802, Roland Super Jupi-
ter MKS-80, Yamaha TX816, Rhodes 73,
Hammond B3.

MICROPHONES: Neumann TLM 170,
Neumann U 87A, AKG C414EB, AKG
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D112E,AKG451EB, Schoeps CMC5-U, B&K
Series 4000, Shure SM57,SM58, RCA 77DX,
RCA 44DX, Countryman Omnimax.

MIDE: Opcode Studio Vision, Digidesign
SoundTools, Elka removable hard drive,
Apple Macintosh Ilcx.

EQUIPMENT NOTES: Says John Neff: “I like
the inline design of the 1/0 of the
Soundtracs IL because you can maximize
the number of inputs on the console in a
relatively small space; it is extremely well
laid out, the EQ is flexible and very British
sounding and it is very quiet to the digital
multitrack-better than some of the older
Neve consoles that Walter (Becker) likes;
we needed a 32
buss console to
accommodate our
digital 32 track -
this was the least
expensive one that
stillafforded all the
features associ-

Becker's fully-
loaded, fully-

floated room

ated with hi§her is in an G"'
endconsoles.” He

adds, “With the redwood

Meyer HD-1s h d
whatever you hear ouse an

translates to any
other medium, car
stereo, home ste-

features 15
feet of glass

reo, boombox. If I l( t
you have it to- oo mg ou
gether in the on fhe
Meyers, it stands 9

up in everything.” |s|ands OF
PROJECT TIPS: Neff KGhO'OIGWG

says, “Everyone
builds a studio so
they don’t have to
pay an hourly rate
whentheyworkon
theirown projects.
However, no one
has an unlimited
budget—youhave
to make some
compromises in order not to go commer-
cial with theroom. The main advantage of
a project studio is that you can take the
time to experiment with sounds or com-
positional ideas without always keeping
an eye on the clock.”

and Molokini
with views of

Lanai and
West Maui...







m WITH A VIEW

Private Ears

Photo: David Safion

Songwn'rer/ producer
Steve Harvey has built an
expansive MIDHecording

facility in an ordinary Holly-
wood office complex.
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STUDIO NAME: Scotland Yard, Hollywood, CA
OWNER /OPERATOR: Steve Harvey, songwriter/
producer

CREDITS: Nia Peeples, Karen White, The
Commodores, Gerry Woo, new solo LP
(A&M Records)

STUDIO DESIGNER: Audio Intervisual Design,
Los Angeles, CA

CONSOLE: DMR 12 (DDA/Klark Teknik), inline
or split with separate monitor section, 32 x
12 x 24 (or 56 x 12 x 2), dual line inputs, full
patch bay, DDA MIDI Muting Automation
System capability.

TAPE MACHINES: Studer A827-24 track,
Panasonic/RAMSA SV-3700 R-DAT.
MONITORS: KRK-1303 three-way near-field,

KRK-703 at synthesizer rack, Yamaha NS-
10.

OUTBOARD GEAR: Sony MUR-201 stereo re-
verb, BSS DPR-402, BSS DPR-504 limiter/
compressor, Audire power amps (Forte,
Crescendo), Roland R-880reverb, GML8200
parametric EQ, GML four channel mic pre-
amp.

WIRING: Mogami and Yaleflex

KEYBOARDS /SAMPLERS: Roland S-770 (16
megabytes), Akai S1000HD, Roland D-550s,
Korg M1R, Yamaha TX802, Roland MKS-70,
MKS-50, MKS-20, MKS-80, Roland Vocoder
SVC-350, MIDI Moog, Harvey 808, Akai
$900, Proteus, Roland U-220 sample play-
back unit, Yamaha TX816 (eight modules),
Roland A-50, Octapad Two, Roland PD-11
bass drum pad.

EQUIPMENT NOTES: “The DMR 12 is extremely
flexible; if  decide to mix here I have a lot of
inputs to work with; my engineers sayit’sa
very musical board and for the money it is
excellent... Some think the Roland R-880 is
a poor man’s Lexicon but it actually has its
own sound; for the money it is also ex-
tremely powerful and features aremote that
gives you a clear visual readout so you can
see what you are doing...I spent a lot of
money on the tape machine but getting the
Studer was essential; it sounds great and it
isextremely reliable; you get more than just
the name when you get a Studer.”

PROJECT TIPS: “Building my own studio en-
ables me to spend as much time as I need as
opposed to having to spend as much time
as | can afford...It also cuts down on the
time it takes me to set up; before, I would go
to a studio and take a half day just to set up
my keyboards...I take my projects as far as |
can here and take my tapes to a studio like
Larrabee for final mixdown by one of the
leading mixersintown...I've beenrecording
my keyboards to 48 track by first filling up
the 24 track, then striping another piece of
tape and dumping a stereo mix with the
same SMPTE offset; [ end up slaving them
bothup when I get to the mixingsuite...The
way I've set up my control room, all my
keyboards are wired into a separate
patchbayand I use Roland M 16E mixers (16
x2) toaudition thesounds. Whenrecording,
I put them through the GML equipment
and the DDA console to tape..I'm being
very careful about EQ’ing too much these
days since [ find it takes the life out of the
sound; my demos were actually sounding
better than my masters because | was going
in and EQ’ing everything when it was going
down and when it was coming back and
then going to the mix process."
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THE FIRST CONSOLE
THAT TALKS MIDI.

o console is versatile enough to be
all things to all people. At Soundtracs,
we believe you’ve got to specialize.
Especially in MIDI recording, where lots of
different jobs (and inputs) have to be juggled
at once without wasting valuable time.
That, in a nutshell, is the thinking that
went into the Soundtracs PC MIDI console.
Its inline design maximizes sonic purity
to produce the clear, radiant sound British
consoles are famous for.
The PC 24 channel can provide input-
hungry MIDI musicians with an impressive
56 inputs to handle all their MIDI gear.

© SOUNDTRACS PLC, 1990

Its MIDI Mute Automation streamlines
mixdown with easy, hands-off muting for
individual inputs (or groups of inputs) on
any of 16 MIDI channels. All of which can
be recalled as patches from the PC’s master
module or a MIDI sequencer.

And the PC is flexible enough to handle
8, 16 and 24 track recording.

Soundtracs PC MIDI. For those who
record and mix MIDI, we’ve designed the
first console smart enough to speak your
language.

SOUNDTRACS=

Soundtracs distributed exclusively in the {'nited Statcs by
Samson Technologies Corp., Hicksville, NY 11801
TEL (516) 932-3810 FAX (516) 932-3815
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Proiecf studios need to I“Side DAT MaS'ering

prepare The" DAT cor recﬂy NJULY 1987 I mastered my first Compact Disc recorded
: : entirely on a DAT machine. Bob Clearmountain had

fo make I WOfk i The mixed Robbie Robertson’s solo album both to analog
M ite. 1/2-inch 30 ips and on his new consumer DAT machine. We

maste IoElTe listened to both formats and decided that, for this project, the

BOB LUDWIG DAT seemed to sound better than the analog tape and we mas-

tered the recording from that digital source.

 Bob Ludwig (left) with Lou Reed (photo: Peter Monroe).
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Since Robbie’s album, a lot of DAT re-
cordings have been used as the master
tape for many projects even where the
budget was no object. DAT has found a
home with the audio experts, musicians
and with project recordists.

What do you need to consider when
preparingthe tape for mastering? Consider
these: tape back-ups, maintenance, tones,
formats and editing.

BACK TO BACK

The cardinal rule forany digital project, be
it multitrack or two track, is to make
multiple masters of the original or imme-
diately clone your only master to a back-
up tape. We have a slogan at Masterdisk
saying, “Never turn your back on digital.”
If you don’t have a system like the PCM-
1630, which can computer verify your
transfers as being accurate, one can never
leave the monitors while copying digital.
Simply because you have played your tape
back a dozen times successfully does not
mean it will play back correctly on the next
pass.

Lots can go wrong with digital if you
don’tpaycloseattentiontoit. Forexample,
it is easy to pick up ticks on your copies if
the dubbing cables or word clock are not
correctly synchronizing the transfer.
Sometimes these ticks are very soft, so be
sure to listen carefully.

At least make two copies on the same
piece of tape stock. It is better to make a
copy on two different pieces of tape stock
and better still to record on two different
transports. If you are traveling any great
distance to your mastering session you'd
better bring both copies (with a clone left
at home) as things going wrong at a mas-
tering session are often measured by the
squareofthetraveling distancetoget there.

While the above suggestions apply for
all digital formats, they have special
meaning for DAT. The metal tape formu-
lation used to record on DAT is very ro-
bust; indeed you can put your DAT master
on the average degausser and nothing



You can't afford to spend
less ona DAT, And you certainly

can't afford to spend more!

Introducing the new, improved Pro-DAT Recorder from Panasonic: the SV-3700. “New?”
“Improved?” Aren't those just overused buzz-words for breakfast food or laundry detergents? Sure,
But the SV-3700 is new, and it is improved, and we want to tell the professional user about its 4th
generation technology as directly as we can.

You know the sonic and performance excellence of the Panasonic SV-3500 DAT. Who in the
industry doesn’t? The new SV-3700 incorporates significant advances in analog-to-digital
converters, digital -to-analog converters, transport accuracy and reliability plus control and
interface technology. In the SV-3700, one bit A-D converters bring dramatically improved
performance and linearity compared to conventional successive approximation A-D converters.
These high- performance one-bit ADCs reduce both signal and zero cross distortion producing
cleaner, clearer audio at low as well as high levels.

Subjectively, these technical advances translate to accuracy in the spectral balance, ambience,
and “space” around instruments that form the most important part of natural musical and
“correct” sound.

Oh ves, there’s another very important improvement in the SV-3700. Price. When you visit your
dealer, you'll find that in professional applications you can’t afford anything less than the SV-3700.
And you certainly don’t have to spend more. For more information, contact Panasonic Pro Audio,

6550 Katella Avenue, Cypress, CA 90630. 714-373-7278. L
Panasonic

Professional Audio Systems
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will happen to it. Yet, because the tape is
so thin, it is always possible to jam and be
destroyed within the tape transport. The
advantage of recording on more than one
transport is that on rare occasions a deck
will not have its tape guides aligned
properly or it will be electrically mis-
aligned. While it will record and play back
fine within itself it may not meet DAT
specifications and thus will not replay
properly on another machine. Recording
on two machines lessens this (thankfully)
rare predicament.

What about tones? If you record on a
professional DAT machine a 1 kHz refer-
ence and balance tone may be all that is
needed. Feed atoneinto both channels of
your DAT recorder and set the meters so
that the indicator lights just barely come
on at alevel of -14 dB from the maximum
“0.” (If you're a pro, your mastering fac-
ility can make you a digitally generated 1
kHz tone that is precisely balanced for
machine set-up.) If you start arecording
and find you are going into the “OVER”
area beyond the “0” maximum, do the
alignment over again at a lower level such
as -16 dB. Do this until your normal mix-
ing level never goes into the “OVER"” and

1990 Crest Audio Inc

yet hits the “-3” to “0” area often. If you go
into the “OVER” area but don’t hear any-
thing wrong you are probably okay. On
some machines the “OVER" light comes
on if a single sample is saturated. Ifitisa
severe “OVER,"” bad distortion can result,
especially with piano or other transient
instruments. Many CD plants will not tol-
erateasingle “OVER"” on the final CD mas-
ter tape, so my advice is not to have
“OVER"s on your tape.

If you have a professional DAT machine
normally set the emphasis OFF, the Copy
Prohibit OFF and the samplingrate to 44.1
kHz to avoid having to use a sample-rate
converter in the digital domain and to
make editing simpler. Mostdigital editors
only operate at 44.1 kHz. In the analog
domain, 48 kHz may be appropriate.

PRO DAT?

Recording on a consumer machine can be
tricky: many of them are made with only a
single analog-to-digital converter that is
used for both left and right channels caus-
ing an 11 microsecond delay when played
on a professional CD mastering system. If
you are not sure about the machine you
are using, record a 10 kHz or 15 kHz tone

as well as the 1 kHz onto both channels
(mono) and the mastering engineer will
see the timing error on his oscilloscope
and correct forit withan Harmonia Mundi
digital domain card. It can also digitally
handle the pre-emphasis that your con-
sumer machine has probably used.
Razor blade editing on a reel-to-reel
digital tape machine makes several millisec-
ond editing accuracy possible. Such is not
presently the case with your DAT machine.
If you need accuracy to within a few milli-
seconds or require waveform editing, you
need to locate an editor. If you are not
attending the mastering session, be sure
to enclose a note with any suggestions you
wanttomaketo the engineer. Neverassume
they'll fix something automatically.
DAT has a secure place in professional
recording — regardless of your budget. If
you use a little care and common sense,
mastering from DATs can be effective,
inexpensive and relatively risk-free.

Ludwig is chief mastering engineer of
Masterdisk in New York, with too many
credits to list here (or anywhere).

FA = Financial Advantage

...plus sonic quality plus reliability plus features.

Finally, for all those who have wanted to use Crest
amplifiers but whose budget or application did not
permit it, Crest Audio proudly introduces the new,
expanded FA Series.

By using the same quality components, modular
construction, and output design topology that have made
the Professional Series an overwhelming choice in the

b Mo FA601 FA901 FA1201 FA2401
8 ohms/ch. 150 wats 280 watts B 3007wom i 350 watts
4 ohms/ch. 275 350 475 600
2 ohms/ch. N/A 440 680 770

EIA o1 0 05% THD

touring industry, the FA's provide true cost-effective quality;
without skimping, without compromise.

AllFA's incorporate important standard features that most
other amp manufacturers don’t even make available
optionally: a real Clip Limiter, IGM™ impedance sensing,
DC and thermal protection, a variable speed DC fan, a full
complement of input and output connectors, detented
front panel gain controls and Clip, Signal and Protect
LED’s per channel.

The FA Series...serious power with a financial advantage.

RCREST AUDIO

power is serious business.

CREST AUDIO INC. 150 Florence Avenue Hawthorne, New Jersey 07506 USA tel: (201} 423-1300 fax: (201) 423-2977
CIRCLE 12 ON FREE INFO CARD
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Introducing the DigiTech Super Harmony Machine

The DigiTech IPS-33B Super Harmony Machine lets

you create 1- and 2-note harmonies that are crystal pure

and correct to scale. And that’s just the beginning.
Check this list of super features:

@ 1 and 2 note harmonies; above,
below or either side of the note
played

@ 7 superb effects—harmonies,
stereo pitch detune, up to 1.5 ms
of digital delay, stereo chorus, up
to 2 octaves up or down note and
chord pitch shifting, volume
modulation, pitch correction

@ Harmonies smoothly follow
note bending

@ 24-bit processor ensures you
can't outrun your harmonies

@ User-programmable
harmonies

@ 80 different arpeggiations

@ 128 presets, 128 user-definable
programs

@ Harmony shifting in real time

@ 128 user-definable memory
locations

@ Chromatic harmonies in any
interval up to two octaves up or
down in any key

@ Intelligent scallic harmonies in
59 different scale types, in any
interval, in any key

@ Choose chordal harmonies
that fit chords

@ Create special harmonies

@ Make key and preset changes
from the IPS-33B, the optional
footswitch or your instrument

@ Independent left and right
effects mixing

CIRCLE 16 ON FREE INFO CARD

DigiTech o @ @
5639 South Riley Lane o @ @
Salt Lake City, Utah 84107 o @ @

@ Adjust to MIDI keyboard
chords

@ MIDI continuous control of
programs, patches and
parameters

@ 42.5 kHz sampling rate

@ Tune instrument to IPS-33B
or vice versa

@ String synthesis

@ Two continuous controller
inputs

@ 32 character backlit LCD
display

@ Remote hand controller
included

@ 20 Hz to 20 kHz bandwidth
@ 90 dB signal-to-noise ratio
@ Less than 0.03% THD

Rent the Super Harmony Machine demo
video for $10.00 refundable deposit.
Send deposit to the address shown below.

Digilech

The Sound of the 90’s

H A Harman International Company



Nushville virtuoso Mark
0'Connor builds his studio
from the ground up.

THOMAS GOLDSMITH

Home With A Range

ASHVILLE SESSION musician Mark
O'Connor has built a reputation as a guitarist
and fiddler for artists ranging from Emmylou Harris

and James Taylor to Andreas Vollenweider. But he has

built the newest instrument in his repertoire all by himself — the
new 24-track Hometone Studios that he constructed inside his

hillside suburban home.

“l was here almost every day while the
studio was being built, and had time to
correct problems and minor flaws as they
came up,” O’Connor says. “I did most of
the construction myself, my dad was a
carpenter, so 1 know how to build. For
technical assistance, | just started reading
alot of books and asking engineers a lot of
questions. The most common but most
valuable advice was to use your ears first
— and if you like the sound, you're prob-
ably doing something right.”
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O’Connor has been turning heads with
his musicianship since he started winning
fiddle contests at the age of 12. Stints
playing guitar, fiddle, and mandolin with
David Grisman and the Dregs followed,
along with a mid-80s move to Nashville,
where he established a jazz recording ca-
reerand became one of the brightest lights
on the session scene.

O’Connor is not putting aside his stu-
dio career for the recording business. For
the most part, he simply enjoys the conve-
nience of doing master-quality work justa
few steps from his living room. In fact, all
the solo passages for his recent Warner
Bros. LP "On the Mark" were recorded at
Hometone. He's also using the room to
write a string quartet commissioned by
the Santa Fe Chamber Music Festival.

SOUND FOUNDATION

Planning for the basement studio, which
consists of a 14 x 24 foot control room and
a 12x20footrecording studio, began con-
currently with construction of the entire
house. Before the sheetrock was laid,
Nashville engineer Larry Cummings
helped install power and audio wiring for
the recording equipment, as well as for
microphone and headphone lines. Then
there came the process of “floating” the
studio in order to minimize noise. The
studio’s walls aren’t connected to the out-
side walls, and rest on dense rubber.
Meanwhile, the ceiling was built into the
inside wall and was isolated from the ceil-
ing above it. “The wooden floor rests on a
dense foam pad, has a 3/4-inch layer of
plywood underneath, a soundboard un-
derneath that, and the regular 3/4-inch
ply subfloor underneath it all,” O’Connor
says. “All the plumbing, too, has huge pipe
insulation around it, so you don’t hear the
water running. In a home, that’s not an

easy thing to do, so |
had to watch care-
fully where all the
pipe was going.
Knowing that gives

Laying down tracks
with his CAD boord
and Otari MTR-90 Il
(photo: Beth Gwinn).
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The all new Multiverb Ill uses the same revoiutionary pro pR
more than 50 effects to choose from! The Multiverb Il fe ing
does except the dynamic effects section (comp/limit/gate). Si
effects and unlike other units allows you to pick and choose e will
change their locations-you're not limited to cenfusing configurati ike
DRYX, it features a Midi Data Monitor that allows you to see the

data stream—simply connect a keyboard, foot controller or any.

device and the LCD will give you a real time readout of chan

pressure, patch change or any other midi info! And the sour
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you more confidence. You don't have to
worry that somebody’s going to flush the
toilet.”

O’'Connor installed double-glass in the
windows between the control and re-
cording rooms, as well as in the windows
facing the woods surrounding his house.

SOUND SYSTEM

A semi-cylindrical bass trap/diffusion de-
vice covers the back wall of the studio, and
insulated, fabric-covered wall panels
deaden the room when necessary.
O’Connor’s 24-track Otari MTR-90 1II sits
in a separate sound-insulated closet,
which has a glass door for monitoring the
machine’s VU meters during recording.
Near-field monitoringissupplied by a pair
of Tannoy Little Gold monitors. His con-
soleis a 24-input, 12-output board manu-
factured by Conneaut Audio Devices, a
company in Conneaut, Ohio.

Of the console arrangement O’Connor
says, “I don’t use the board to record with,
only to monitor with.” Recording signals
from microphones or direct boxes runinto

Four new amplifiers frc

PM-900 (350+350W @ 8Q).

Each with features you've asked us for. Like

barrier strip inputs
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The PV.120 (40+ 40W @ 89) PM300
(110+110W @ 8Q), PM-600 (200+200W @ 8Q), and

the patchbay,
into Massen-
burg mic pre-
amps and di-
rectly into the
recording ma-
chine.

“If I need
EQ, I go to my
outboard gear;
I have two API 550s,” O’Connor says. “I go
out of the API into the machine.” The
studiois also equipped with two Teletronix
limiting amplifiers, a UREI 1178 stereo
compressor, and a Drawmer stereo noise
gate.

The main recording microphone in
Hometone Studios is a vintage 1957 AKG
C24 stereo tube mic. “I use it for every-
thing, but I especially like it for my violin,”
O’Connor says. “Though most of the time
[ just record mono, the stereo is there if
you want a big, across-the-room fiddle or
violin sound.”

O’Connor has also had to devise his
own method of punching himself in on

(along with TRS & XLR's) and 70 volt oapablhty
The new PM-600 and PM-900 also include
remote/manual sequential power onfoff and rear

the overdubs. “Producing, engineering,
and recording my own sessions means
using a hands-off method of recording
myself. Basically,  take the remote control
off the stand and put it on the floor. Then
I put the right amount of pillows next to it
so I can put my footonit, and be able to hit
the RECORD button with my toe.”

Now that the construction of Hometone
studios is over, the only worry that
O’Connor has is that its location might
sometimes be too convenient. “You have
the feeling sometimes that you'd rather
watch the ball game instead of using the
studio. The only real pressure comes from
my own discipline."

cover card slot for use with Carver add-in options

such as our new PG2 Dual-Zone Paging Module.

Call toll-free, FAX, or write us for complete
information including Architects' and
Engineering Specs on the powerful,
accurate, reliable solutions to permanent
installation challenges

(ARVER

P R OFESSI ONAL

TOLL-FREE 1-800-443-CAVR, FAX 206-778-9453
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PM-120 PM-300 PM-600 PM 900

P.O. Box 1237, Lynnwood, WA 98046



The MING Dynasty

HE PREDICAMENT is not hard to imagine: You are
facingaconcertsound system thatincludes the usual

array of microphones, mixer, amplifiers and loud-

speakers. The last time you dealt with it, a soft-spoken

singer needed so much amplification that the whole system
began to scream, howl and squeal like the Siren Research Unit at
Bell Labs. How can you amplify those vocals without the feedback?

You could get the assistance of a by-
stander to jabber into the mic while you
trytoequalize out the worst feedback rings,
but he will probably wander off after the
first screech. You could clap your hands,
turn up the pink noise, or even just let the
room noise excite the system into feed-
back — but wasn’t that what you did the
last time with such painful results?

There are sophisticated tools to assist
you in this endeavor — the Techron TEF,
the Meyer SIM-CAD, S/T RTA-2 or one of
themanyautomated equalization systems.
Unfortunately, the person paying for this
job can’t afford such an expensive solu-
tion. They would rather you just amplified
things, as necessary, without all that feed-
back — thank you very much.

MING RING

Fortunately, there are methods that re-
quire much less expensive hardware. Don
Davis showed me a technique at a Syn-
Aud-Con seminar that is very effective for
“ringing out” a sound system (ringing
meaning measuring feedback oscilla-
tions). You apply a tone generator, sweep-
ing through the audio band, to the system
through the same loudspeakers that the
microphone is routed to. Then you in-
crease the gain of the system after each
sweep, until the system begins to “ring.”
The frequency that sustains after the tone
sweeps byistheonethat’s close to feeding
back.

At that point, you notch out that par-
ticular frequency with an equalizer, and
increase the system gain until the next
ringbecomes audible. All you havetodois
keep repeating the process until you've
got sufficient gain or you pass the point of
diminishing returns in equalization, (i.e.
muitiple frequencies are ringing together,
or more sliders on the EQ are down than
are at zero).

There are only a few problems with this
method. First, to be truly effective, the
tone has to be loud enough to swamp any
other noise in the room and the sound
system. Noone wants tolisten to it sweep-

ing through the upper mid-range at high
volume. Second, you have to manually turn
aknob tosweep the tone, leaving you with
only one hand to either adjust the EQ or
grab the fader if the feedback suddenly
takes off — and feedback can not only be
painful, it can permanently damage loud-
speaker drivers, especially at higher fre-
quencies.

I found a better way to get the job done:
using a spring-activated metronome
available at any local music store. The
model | use, a Wittner Taktell Piccolo,
produces approximately 70 dB SPL C
weighted, RMS atone cm. This meant that
its acoustic output is similar to conversa-
tional speech measured at the same dis-
tance.

I decided against the smaller and
“higher tech” electronic models because
their output is more of a beep than an
impulse; as such, they lack the harmonic
content of their mechanical counterpart.
The mechanical metronome has an
acoustic output that is consistent over
time, does not require calibration, main-
tenance or batteries, costs less than $60
and will fit into a good-sized pocket.

The metronome was thereafter called
the Mechanical Impulse Noise Generator,
which looks great on a purchase order,
and was dubbed the MING by my assis-
tant. The harmonics that are generated by
the MING impulses are sufficient to allow
the trained ear to make reasonable guesses
about the qualities being effected by the
EQ, as it is applied.

HOW TO MING
To get rolling, just wind up the MING, put
it in front of a microphone at about the
same distance as the singer, talker or mu-
sical instrument and set it in motion. The
sound technician thenreturns to the mixer
and gradually increases the gain of the
microphone in the sound system until he
hears a feedback oscillation.

As the feedback becomes audible, you
must decide whether to make mic and
loudspeaker placement adjustments or

Using 0 metronome
to ring out a live
sound system

WADE MCGREGOR

make adjustments in the frequency re-
sponse of the sound system (EQ). Keep
upping the gain of the microphone until
you can’t make any more reasonable ad-
justments to eliminate feedback oscilla-
tionsoruntil youarrive at againsetting far
in excess (>10 dB) of what the situation
demands. If modification of the sound
system physically or electronically is not
appropriate, then at least you are aware of
thegainsettings that are below the thresh-
old of feedback — as well as those that are
above it.

Keep repeating the process for each mic
that could be in danger of feeding back
during the event. Turn on all foreseeable
combinationsof microphonestoseeifany
of the combinations will cause a shifting
of the feedback threshold. Moving the
MING from one mic to another will help
makeall potential problems more audible.

MEASURING MING

With the metronome in place and ticking
at a reasonable rate, it is easy to compare
EQ settings, gain before feedback mar-
gins, stage monitor levels and their effects
on “front of house” sound qualities. The
impulse will also show up flutter echoes,
slap echoes, and other acousticanomalies
that may be masked when simply playing
back music to check asystem. The MING’s
impulse will also make open microphones
that are near feeding back more obvious,
as they cause an increase in the apparent
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reverberation time of the room, which is
often audible as a hollow quality that dis-
appears when the system/mic gain is re-
duced or when you apply appropriate
equalization.

By muting the sound system, you can
makeadirect comparison of theamplified
and acoustic qualities of the impulse. This
lets you make a judgement on whether

tone or perspective is being altered in a
positive manner. If you have someone to
assist you, walk around the venue while
the system is occasionally muted/
unmuted, so you can discover what
changes in acoustic imagery are being
achieved in amplifying the original
sound source.

The impulse creates many time domain
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distortions within a sound system, espe-
cially those thatare the product of speaker
placement, microphone placement, array
interaction etc. The use of the MING as a
source for checking signal delays within a
distributed system will reflect whether the
arrival is within the integration time of the
human auditory system, and can be di-
rectly compared to the acoustic arrival
time.

Afteraseason of using the MING, I found
Thad been able to equalize asound system
inashorter period of time, using less dras-
tic EQ, achieve more consistent results,
and have a high degree of confidence that
the sound system
was optimized to
thevenue. I found
it worked much
better than
handclaps, tap-
ping the micro-
phone or de-
pending on inci-
dentalroom noise
toexcite feedback

The metro-
nome has an
acoustic output
that is consis-
fent, does not

require cali-
bration, costs

less than $60

and fits into a

oscillation. In
those worst case
situations where
an amateur per-
former would ar-

rive too late for a
“mic check,” or a
professional per-
former would ask
for a lot more monitor level during the
performance, | was always confident that
I had maximized the gain of the system
without limiting the quality or intelligibil-
ity of their voices.

The Mechanical Impulse Noise Gen-
erator is certainly not the only tool that
can achieve this result, but it is a small,
inexpensive, and wireless acoustic radia-
tor. With a reasonable theoretical under-
standing of acoustic sound transmission
and audio signal processing, it can yield
results quickly and effectively. To be an
effective tool, the MING requires a sound
system thatisin need of small adjustments
and not wholesale revision, as well as well-
trained technicians with “ears of experi-
ence” to perform the appropriate tweaks
and adjustments.

pocket.

McGregor, former Head of Sound for
theCalgary Center for PerformingArts,
is currently a systems designer for DSE
Production Equipment and Services.



Whot you need fo know

about Amek’s new
automated console. Or
should we call it

workstation?
IRA CORD RUBNITZ

N\
\

ECORDING CONSOLES are slightly intimidating
until you realize that, just like cars, they all basically
do the same thing. This is important for all recordists

and engineers to understand once they leave the secu-
rity of the project studio for the thrill and challenge of finalizing
the mixdown at that platinum studio down the road.

Amek has come up with a very hot and
exciting new console in the form of its new
Mozart. Most musicians and engineers will
understand how to get it moving, but it
takes considerable experience to throttle
its creative power to the max. Amek has
built a technological support system for
the board that opens up worlds of possi-
bilities to the creative engineer. What's
more, the company has recently hired
Rupert Neve as a consultant, and he has
come up with some great new designs for
the company.

As aresult, | was only too keen to get my
hands on a custom Mozart recently in-

stalled in the Bakery Studios in North Hol-
lywood, California. Basically, I discovered,
consoles are becoming workstations —
and the Mozart is a case in point.

BOARD ROOM
First impressions do make a difference.
The console was very well laid out and
after browsing through the operations
manual, I felt familiar with the extension
effect of having pots and switches where
you get used to them and not have to play
hunt and peck.

The faceplates on the console | drove
were a light grey with white silkscreen
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ierters embossed on them; as a result,
reading this particular desk was virtually
impossible. Today's Mozarts have a dark
grey background with white lettering that
makes quite a difference. My only other
complaint was the buss switches were
placed much too close together.

The first indication that the Mozart is a
performance vehicle is its comprehensive
Group Master Computer section. Located
in the center, it is divided into three sec-
tions. The Master Status Control switches
control the status of
the grouping system
by selecting the
channel numberand
page number of the
switch function in
additionto changing
modes. Underneath are the Channel
Function Group Master switches, which
are assignable Group Master switches for
channel functions of the Input Module
soft keys such as the EQ, Sends, Inserts,
etc. Finally, the Mute Group Master sec-
tion consists of eight auto mute group
switches assignable to any groups of
channels — extremely useful for creative
muting using different switches for each
partofasong. Youcanstore upto 99 pages
of console setups in memory.

The Mozart was designed in conjunc-
tion with a graphic moving fader and re-
call computer package utilizing an Atari
Mega ST computer and the Amek/

“It controls just

about everything
but the coffee maker.”

Steinberg Supertrue software mixing au-
tomation. This easy-to-control package
actually makes the Mozart/Supertrue sys-
tem a virtual workstation, letting you con-
trol just about everything except the cof-
fee maker. Reading SMPTE, Supertrue is
not only used for fader moves and mutes,
but it can also handle many different
events with quarter frame accuracy —
accurate to 1/120th of a second.

The program is interfaced with and can
be accessed by a keyboard or trackball
with two buttons lo-
cated in the center of
the desk. Point, click
and pull down those
menus. The main
page/screen resem-
bles a mixer with fad-
ers, groups and mutes plus a camera icon
for snapshots and SMPTE readouts in
any size and transport controls for your
sequencer —yes, that'sright, you canslave
your sequencer to the system for yet more
of a workstation approach.

Basically, Supertrue is a well-developed
graphic sequencer used to create auto-
mated mixes. Besides bypassing the VCAs
(which, on this console, are dbx 2151’s)
and automating the moves of the Penny &
Giles faders (equipped with self-cleaning
wipers), Supertrue can also automate eight
mutes for each channel mute and 15
switches per channel, plus it can handle
MIDI event triggers, cue lists, merging/

More Power To You
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copy/paste, and automatic drop-in func-
tions. Software-defined noise gates add
even more workstation-style power.

Another strange but useful feature are
the Fader Jobs — graphic representation
by “drawing” prerecorded fader move-
ments for advanced and highly elaborate
offline control. You can hand-draw fader
moves or call up libraries of 16 varying
movements. The automation graphically
follows fader moves and mutes. Mozart
and Supertrue can be used quickly and
simply, like an “analog workstation.”

After doing tracking, some overdubs

and a Supertrue mix, I found that the
Mozart/Supertrue was the most innova-
tive packageI’'ve experiencedinsometime.

Mozart has all the basic tools you need.
Its EQ section, which includes High (from
80 Hz) Pass and Low (from 10 kHz) Pass
filters, for example, is a four band (Lows:
30 Hz - 1.2K; Mids 1: 40 Hz - 2.5 K; Mids 2:
350 Hz - 15 K; Highs: 500 Hz - 20 K) semi-
parametric with shelvingorbell curves, and
dB cut and boost is +/- 18 dB. It comes
through the way you want.

Basically, the board combines a hot
sonic package with the tools that put a
wide variety of producer’s techniques at
your fingertips. When you're driving the
Mozart, creating music is elementary. The
only question is whether to call it a con-
sole or workstation.

Or maybe you should just forget it and
enjoy the ride.

Lueashim
and THX are
tradwmarks of
Lucastim Lid
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KXY tecacy

Captain Timecode

OT SO VERY long ago

timecode was a mysteri-

ous term that couldn’t find

its way past the reception-

ist in even the highest tech

recordingstudios. Then again,

such video verbiage was the exclusive do-

main of those other tweaks who played

with pictures and knew little or nothing
about sound.

But now that even heavy metal rockers
recognize the importance of video to
making their daily bread, it isimportant to
remember the contributions that, for
better or for worse, a New York studio
owner/engineer named Bob Liftin made
to making the technology match between
sights and sounds.

In the latter days of his pioneering fa-
cility, Regent Sound, Liftin was responsible
for the audio for "Saturday Night Live" as
well as for the new cable upstart channel
MTV. Just as video would ultimately impact
audio recording from the broadcast net-
works to the MIDI studio, these projects
were the inevitable offshoot of a music
career that began recording singles in the
1950s and 1960s for artists ranging from
Little Anthonyand the Imperials to Roberta
Flack, Aretha Franklin and Bette Midler.
By the time of his death, there were few in
the industry who remembered these
credits, however; most knew Liftin as an
apostle with muttonchops for audio-for-
video and SMPTE timecode.

For Liftin, the innovation that would
change the way audio-for-video was
handled began duringan audio date. Inan
interview he conducted ten years ago this
month, Liftin retold the story in his own
words:

"In 1973 I was recording Les McCann
who was doing an album in which he was
playing all the keyboard instruments
himself, which was something special at
the time, and he quickly ran out of tracks.
We had 16 tracks at the time and two stu-
dios and he wanted to know why we
couldn’t take our machine from Studio B
and put it in Studio A and then have 32
tracks and keep on going with overdubs.
So I sat down with one of my engineers,
trying to figure out how we could syn-
chronize these machines.

"Then two or three days later, as coinci-
dence would have it, | received a letter in
the mail from the Electronic Engineering
Company of California (EECO) and in it
was the description of SMPTE timecode
which had just been approved. SMPTE

40 DECEMBER EQ

When they write the his-
tory of audio-for-video the
text should be dedicated fo
the memory of one man,

Bob Liftin.

MARTIN PORTER

was an 80 bit code identifying a certain
spot on the tape by putting electronic
sprocket holes on the tape and thereby
allowing synchronization. At the time, a
lot of peoplesaid, ‘who would ever want to
lock up two 16 track machines and syn-
chronize them, that is ridiculous.” But I
foresaw this as the way the industry was
going to have to go because it was the only
logical way of increasing your track capac-
ity without substantially increasing your
investment. Also 24 track was happening
at the time and I felt very strongly that if
you put 24 tracks on the same size tape
you were goingtolose your signal -to-noise
ratio and your dynamic range. | was not a
strong advocate of noise reduction simply
because [ felt it was a bandaid on a situa-
tion that was simply created by making

multitracks even narrower.

"I guess it was around 1975 that many of
our advertising clients were coming by
and wanting to look at a picture while we
were doing their audio work. Soitoccurred
to me that, instead of going out and buy-
ing film equipment, the easiest thing to do
would be to buy a videotape recorder and
lock this videotape recorder to my mul-
tichannel machine, basically via the same
SMPTE timecode system. We had the
videotape and stripped off the music and
put it on our multitrack machine, redid
the vocals, did some sweetening and then
dumped it back on the videotape. This was
a horse and buggy system because you
had to cue up both machines by hand and
hope they would synchronize.

"We explored automatically cueing at
that time. In fact, my cousin was going to
Rensselaer Polytechnic Institute and he
used to work for me during the summers.
He went back to school and told some of
his friends that I had this fabulous thing in
the studio where they could synchronize
two machines. So they came back down to
New York and took a look at it. And one of
the kids, I don’t remember who it was,
said, ‘'How would you like to automatically
cue this stuffup?’ 1said, ‘I'dloveto.” Sohe
built me a ‘search’ to cue up the unit using
SMPTE timecode. They went on to form a
company called BTX.

"About that time [ was getting a little
scared about the business. The reason was
that I just did two albums which ran up
$160,000 bills in studio time. And I said to
myself at that time, ‘This is outrageous.’
Wehadlowrates and we weren’tsocking it
to the record companies, it was just that
they would block book for weeks and
months just to do an album. And I said to
myself at that time, ‘1 don’t care if they sell
a million albums, this cannot go on. Eco-
nomically this is not going to work.’

"The result of this was 1 decided that
television, which has basically an eco-
nomic structure to support these kind of
costs and which was much more efficient,
was a better way to go. Also it was a chal-
lenge. The sound was so bad, nobody re-
ally cared about it. There were probably a
handful of studios in the United States,
two handfuls for that matter in the world,
dealing with television sound on a practical
level at that time.

"The key to success in audio-for-video
is somewhat the same as any service busi-
ness: produce asuperior productataprice
your producer can afford. In other words,
help keep your client in business — he
won’t remain your client if he goes out of
business or finds a better price else-
where.”



If every wireless company
claims theirs is the best,
why do they try to copy ours?

First, let’s talk technical.

A lot of newcomers to the wireless
field are making pretty bold claims these
days, but they all have one thing in common.
They all say theirs are the best. Well, we’ve
got news for them: all wireless systems are
not created equal.

At Nady Systems, when we say we
are the leader, we can back up our claims.
Everyone knows modern wireless systems
use companding for noise reduction, yet few
realize that we invented and patented audio
companding circuitry for wireless over 12
years ago.

Sure, other companies have attempted
similiar designs. Unfortunatety, most of them
simply fail to utilize the existing technology
properly, so at 120 dB dynamic range, we
still enjoy up to a 20 dB edge over many of
our competitors.

In fact, what we find interesting is
that even our early prototypes are still
significantly quieter than these so called
“new and improved” wireless systems. You
may not always need the kind of performance
our wireless systems can deliver, but isn’t it
good to know that the technology is there if
it’s required?

© 1990 Nady Systems, Inc.

Let’s talk product.

Our Nady 650 VHF Wireless System
packs a surprizing number of professional fea-
tures into a mid price system. It’s rack mount-
able and can be used with up to 10 channels
operating on 10 different frequencies at the
same time. And, of course, the 650 VHF has a
highly sensitive True Diversity front end for
drop out free performance in any environment.

The top of the line Nady 1200 VHF
Wireless System defines state of the art
wireless technology. Features include 20
channel simultaneous operating capacity on
custom frequencies. The 650 and 1200 are
ideal for any wireless application, such as the
theatre, churches, meeting rooms or live

entertainment. Musical instrument and lavalier

mic body pack transmitters are available. Our
1200 HT handheld is a sleek, metal wireless
mic with no protruding external antenna—
another much copied Nady innovation.

Our 501 VR Wireless System delivers
the highest performance available and features
a portable, rugged metal case receiver perfect
for video and film production.

So whether you need a wireless system
for a modest facility with a small budget or a

multi channel wireless for a large location, you

can count on Nady to work flawlessly, give
you complete coverage and sound superb
doing it.

Finally, experience.

Nady has been in the wireless
business for over 12 years. And we now sell
more wireless than the rest of the industry
combined. Nady almost singlehandedly pio-
neered the use of wireless in the live enter-
tainment industry, where road ruggedness and
dependability in a wireless system is
essential. This means that when you install or
use Nady, it will not only work the first
time—but keep on out performing other
wireless units for a long time to come.

Being on the leading edge of wireless
technology practically since its inception, we
have given the competition a lot of things to
try to copy.

So why settle for imitations? In Wire-
less there’s really only one leader—Nady.

AD!

SYSTEMS

INC.
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Contact your local dealer or Nady Systems,
Inc. 6701 Bay Street, Emeryville, CA 94608.
(415) 652-2411 for more information.




Nile Rodgers talks
about the art and passion
that turn a good
performer info

a successful
producer.
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AN

RECORDING

I didn't start off in the music business with my eyes set on being a
praducer—and o tell you the truth, I stillwouldn’tdescribe myself
that way, no matter how many production credits I collect. First
and foremost I'm a musician.

When I'm in the studio control room, I don'’t stop being a
musician. That’s what I bring to every project I work on. And
that’s what I want to talk about — how you, or anybody, can
combine the art and passion that make a good performer with the
know-how you need to become a good producer. To me, the
“two arts” are really one and the same thing.

Sometimes I think I’'m extremely lucky because I
get to do the only thing I know how to do, making
music, I get to do it full time and I get to do it in both
capacities. Frankly, it happened for me the way it’s
happened for alot of people in the business — by first
producing my own records.

It actually began when Bernard Edwards and I
started the band that we’d later call Chic. At first we
were a really good rock-and-roll band, but people
thought it was weird that we were a black band,
because to them we sounded white. Since I'm an
orchestrator, we also did a big band arrangement,
then we played around with jazz for a while. But
then we took a clue from the clubs we were hang-
ing out in and turned to disco. I thought to myself,
“Man, this is cool, because you can be a good musi-
cian and still go
outand playcom-

et BY NILE RODGERS

the types to sit
around and wait




for a record company to discover us, we

went into our friend Robert Drake’s studio

in New York and started recording and pro-
ducing ourselves.

This brief history illustrates how much

your life and career can change.

. For me, | went from being a

“ rock-and-roll musician to

launching my career in

discoasamusician—and

I became a producer as

part of the bargain.

ART & SCIENCE

Being a producer
today — techni-

cally,

atleast— is very different from whatitused
to be. When we were doing Chic, we were
all just kids starting out. We didn’t have
sampling; we did everything by hand. But
we were all good musicians — that’s an
extremely important point. Of course, Bob
Clearmountain was doing our engineer-
ing, which didn’t hurt. But in general, if it
didn’t sound right, we’d play it again. Only
rarely did we do tape loops and edits from
different parts of the song and move them
around. This is an attitude I still like to see
in the studio: Always try to keep it natural
or, as I call it, “organic.”

This is not to say that technology isn’t
important. Frankly, I love music technol-
ogy and would be the first to hold up a
banner for many of the new recording
and sound techniques. But I think what
really makes music is the artists’ ability
to mix the technology with live record-
ing and human emotions. That'’s es-
sentially how I seemyjobasaproducer.

I have lots of friends who are good
producers but who are only techno-
producers. They make records — great
records — but they can’t play an instru-
ment. It works for them, but it justisn't
me. Production is an extension of my
musicianship. The studio is yet another
instrument that I can play.

So the question is, if you’re a musician
first and foremost, how do you combine
theartwith thesciencein the control room?

The answer is different for everybody,
but personally, I think my fundamental job
as a producer is keeping an eye on the ar-

rangement. In this sense, being an
artistand an arranger is the foun-
dation of my playing and of

my musicality. In fact,

the first thing Isend for

when I walk into are-

hearsalis manuscript

paper. [ keep track

of the arrangement

- so that when 1 talk
with the band about

changing parts, | can

speak musician to

musician. The role of

the producer at this

point is to let the per-

formers do their thing;

you redirect them and
make suggestions only if
their music starts veering off
in some strange direction.
Of course, you've got to vary your
approach. For example, I was just
working with the Stray Cats; everybody

in their band reads music, so I could talk to
them in thatlanguage. But recently when
was working with the Vaughn brothers, I



EAR CANDY

Nile Rodgers’ personal production system
is about to expand from the Tascam 688
Midistudio he currently carries around on
the road. In fact, he's scheduled to open a
New York studio fo accommodate
productions for his new record label — Ear
Candy —"what arrangers call strings and
horns and background singers,” he
explains.

“Ear Candy will be a complete high-
tech environment, but it will have a
completely organic feeling,” Nile says.

had to improvise. They knew chords, but
put some sheet music in front of them and
they laugh at you. It was a challenge, since
Iwasdoingthe arranging. | ended up mak-
ingflashcardsand having my assistant hold
them up so they kept to the score. You've
got to be versatile like that.

Of course there’s the equipment to con-
sider. You don’t want to blow it when the
band gets the spirit and plays the tune per-
fectly. For the last few years, | have been a
fan of getting every sound right in the room
coming from the instrument and from the
players’ hands, so aimost the entire record
is completely flat with very little compres-
sion and EQ. The only time we adjust that
compression is if the ambient level of the
room in the mic is coming back and effect-
ing the sound.

THEORY & PRACTICE

The best way for a producer to get a real,
emotional sound is often to take a hands-
off approach. | want every instrument to
be captured the way that it is. Sure, I could
change every track, sample every note, and
change everything — but when you're
making an organic record, that defeats the
whole concept.

These days this may not be a popular
opinion. But I'm an arranger, musician,
songwriter and a producer. I'm aprogram-
mer 100, but that’s the least of my creden-
tials and I only program to aid our music.
Most of the time, you really don’t have to
program anything. You just play it. In that
regard, it’s a totally organic record. You
may not think it is difficult to produce this
way but, to the contrary, it is an art form to
get an organic record to sound as good and
as consistent as a completely programmed
techno record.

You have to remember that nowadays,
when a kid hears a bass drum, they’re all
the same audible level. Somebody’s pro-
grammed the dynamic levels so it’s all per-
fect and it always does what it's supposed
to do. I know — as every producer has to
know — that I have a responsibility to take
that pressure off the performers and justlet
them play and make sure we are recording

Photos of Nile by Renaldo

While the Ear Candy team is still
scouting for a Manhattan location, Nile
reports that the studio will feature both
Solid State Logic and Neve consoles with
the full gamut of outboard gear and digital
{reeHoreel and DAT) recorders.

“Every room will have complete MIDI
facilities,” he says. Currently, everyone in
his New York offices has at least one
Macintosh workstation; they predominantly
use Alchemy and Performer software. He
reports that a full battery of hard- and
software will be on line at Ear Candy.

Right now, he is concentrating on

it in such a way that it fits the taste of con-
temporary listeners. The trick is to keep it
true to what they do and true to what I like.

The fact is that music technology is there
to serve musicians, composers and pro-
ducers. Itisn’t the other way around — like
in some science fiction movie where the
computers take over the planet. Of course,
human beings aren’t perfect. But we don'’t
want perfection. We want style. A lot of
people that we think are truly beautiful
aren’t perfect — it's the ones that have
something weird or quirky about them that
you really notice and find so appealing.

It’s the same with music and technology.
I hate it when I hear the same drum sound
on every record. I say to myself, “Damn it,
Tknow thatdrum machine. Why don't they
do something to change it around a little
bit?” Atthesametime, I love it when some-
one takes that same old drum sound and
builds a new, totally clever record around
it. You see, you can approach novelty and
innovation from two sides — that’s some-
thing every producer should have in the
back of his mind.

SENSE & SENSIBILITY
I'll let Bob Clearmountain talk about pro-
duction from the engineering side — be-
cause there’s no one in the world who's
better. Itake it from the musician’s angle.
Your first job as a producer is to make the
song make sense. I'm a songwriter, so if [
have an ideain the studio, I voiceitand see
if the band can hear what I'm saying. The
only way to see if it’s right is to try it. Then
we try to get to a place artistically whereI'm
happy, they'rehappyanditallmakessense.
It'snot that hard of ajob when you're work-
ing with good people. It really only be-
comes difficult if people don’t know
who they are, what they are and what
they want. Or if they don’t have enough
faith in you to understand that you know
them and care how they sound.

I always look at a new project as if [ am
joining the band. We should be able to have
the same free exchange of ideas and argu-
ments you’d have as abandmember. That
helps me, because | know I am on the

finding the perfect location. “Personally, |
don't like to tfravel 80 miles outside the city
and stay there to get my work done.
Certain musicians love that — the commu-
nal feeling. | do tco, but | only need it
when | close the door behind me — | don't
need it when | wake up or when I'm not
doing a record. The magic is the fact that
we're making music, not that we’re making
it in a commune in the middle of Nova
Scotia. | say let's be communal, but let's
do it near some really good clubs and
restaurants.”

—J.T. Way

artist’s side first — and I know that artists
don’t have that many allies in this world.
Once we deliver the record, chances are
someone at the record company is going to
have complaints. Butyouknowand I know
that this happens every time you deliver a
record. If you work as one with the band,
you can always call up and say, “We madea
great record, didn’t we? It was a great and
honest experience, right?”

To make this type of musical connection
you can never walk into a session in a
vacuum. You have to know the artist you
are going to work with — what the band’s
sound is, what kind of message they're try-
ing to get across. You should be as pre-
pared as they are, even though you're not
going to walk out on stage and play.

Then there's the business side of pro-
ducing to consider. As a producer, there
are a lot of things you have to take care of.
You are responsible for the product, which
in turn means that you are responsible for
the budget, for the players, for where the
project goes and all sorts of things you
rarely have to consider as a musician.

I hate that side of the business. You have
to call somebody’s manager if you want to
rent the simplest piece of gear. You might
hate it too, but believe me, it's got to be
done — right. I'm from the old fashion
hippie school, where the record company
buys you afarm and you move in with your
band. Of course, that's nothowitis. And I
wasn’t brought up like that either; Bernard
and I had to hock our equipment to make
ourfirstrecord. lused to work at the Apollo
Theatre and one of the highlights was that
there was food backstage. You had to buy
it, but it was food.

If 1 have any last words, let them be this
— you've got to love what you do. Never
stop being a musician and never let that
music out of your heart. Use technology
effectively, but don't let it overshadow the
performers’ inspiration and spontaneity.
And don’t blame yourself if the band just
isn’t together; you'll always find you pro-
duce the best records with the best artists.
Enough advice? One more piece: always
have fun — and think organic.
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Three new direct
boxes give your
quitar that authentic
sound when plugged
into the mixer or PA.

RANDY CHANCE

rying to get the ultimate guitar sonics? It can be

harder than it scems. The trusty electric is one

instrument that almost always sounds disappoint-

ing when you plug it directly into the console. Al-

though programmable guitar preamps and outboard

effects offer more options than Fender Tweed amps and Ampeg B-
15s, they often still don’t sound good enough.

It seems no high-tech solution can consistently offer the complex
tonal properties and envelope characteristics that make guitarists
and engineers reach for those old tube amps.

True, the recent crop of programmable, MIDI-controllable,
rackmounted guitar preamps (many with tubes) provide us with
some wonderful new sounds, and attempt to recreate some old
ones. And, of course, many engineers enjoy the sound they can get
froma tube amp’s preamp output. However, it is the amp tubes, not
the preamp tubes, that provide the crunch lacking in solid-state
designs. It seems unless you're actually over-driving your power-
amp tubes, your rock ‘n’ roll sound is never quite authentic.

I recently examined three devices that try to solve this problem.
These “speaker simulator” boxes are designed to receive a speaker-
level signal from an amp and reduce it to a line-level signal that’s
suitable for a mixing console. They also transform the amp’s source
impedance (4,8, or 16 ohms) to an appropriate line impedance (600
ohmsorhigher). Thislets you runan amp head directly into a mixing
or P.A. board, ignoring the preamp output. The guitarist can use a
cherished pre-CBS Fender Twin or early-model Marshall head, run
its speaker out into one of these nifty boxes, and feed the signal into
the latest stereo digital effects processor to achieve that “ultimate”
sound.
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DIRECT
BASICS

If you find yourself depen-
dent on a certain amp-
microphone combination
and have to jump through
hoops at every studio to get
it set up — or if you're
having trouble with “wooly”
sounding miked guitar tracks
in a mainly synth- and
sampler-based mix, Direct
Injection (DI} may be the
way to go. How do you

do it?

O Feed the guitar amp
output {usually postpower
amp) into a device that
electronically emulates
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how a speaker and cabinet
alter the sound. The
processed sound then feeds
the mixer console.

O Insert a signal processor
that can create an “amp”
sound between the raw
guitar output and mixer
input. Some of these devices
are actually miniature guitar
amps {without output
transformers and speaker
box emulators) using
traditional analog design
techniques (e.g., tubes or
solid-state); others are
digitally-based multi-

effects units whose reper-
toire of effects includes
speaker emulation.

Most DI devices
designed

specifically for guitar process
the sound to one degree or
another. If you want an
unprocessed sound, note that
plugging your guitor into a
mixer won't usually give
satisfactory results because
the console input impedance
will be too low. In addition,

alanced console inputs
need a suvitable adapter to
handle the guitar’s unbal-
anced output. The same
problems can also apply to
feeding an older effects
output, not just a guitar,
directly info a console.
Check the input impedance
since transformer-based
models generally load down
a guitar more than active
direct boxes, whose imped-
ance can be as much as
several megaohms.

—Craig Anderton

Does this setup sound that much better than
agood programmable distortion box or tube
preamp? Is it worth dragging around a tube
power amp just to use as a preamp? Can you
really give your instrument an authentic feel
byrunningdirect into the mixingboard, with
no Celestions or Marshall bottoms to pro-
vide that vital “thwonk” of many contempo-
rary guitar sounds?

To find out, I investigated three unlts —
the Alan Holdsworth Juice Extractor, the
Groove Tube Speaker Emulator, and the Red
Box from Hughes & Kettner. I set up a
Marshall 800 JCM Lead series amp head on
the BOOST channel, a Metaltronics all tube
100-Watt head, and a Music Man 75-Watt
head. Then we created an appealing sound
through the speakers, and ran the signal
through each speakersimulator to see how it
stacked up. The “benchmark” axes were a
Jackson Charvel 475 guitar with Jackson
pickups, a new Strat with LACE Sensor pick-
ups, a Yamaha RGX-612S with Tom Ander-
son pickups, and a custom Strat with EMG
pickups.

GETTING JUICED
At $529 (the most expensive of the three), the
Alan Holdsworth Juice Extractor offersawide
rangeof sounds. This|9-inch rackmountunit
has a flat curve and an infinite number of
EQ-based curves. You can run it flat, which
lets the amp sound straight through with
no added EQ, or you can create your own
sound with the help of a three-band sweep
EQ, which has controls for 26 to 640 Hz, 2.5
to 5 kHz, and 8 to 20 kHz. All three bands
have separate -15 to +15dB boost/cut
controls. The one input and six out-
put connectors are 1/4-inch
phone jacks, which makes
it easy to run stereo feeds
toseparate mix and effects
processors through a re-
cording board and P.A.
board simultaneously.
The owner’s manual says
that if you create your own
curve from the flat curve, you
should start with the high fre-
quency of the parametric cut-
back, and then add as desired. The
best results with a hard rock sound
{(on all the heads) were achieved by
greatly boosting the extreme lows,
with thefrequencyset tothe twoo’clock
position (thecontrolsaren’t calibrated),
midrange set at 12 o’clock with a boost of
about 6 dB, and highs rolled off slightly
with the bandwidth set at about 12 o’clock.
I didn’t need as much extreme low boost



with the older head, and
had to roll down the highs
more when using the active
EMG pickups. Turning
down the Marshall gain to
about nine o'clock pro-
duced a good, clean sound,
especially from the new
Strat. I was able to get old
amp reverb sounds at line
level, which is hard to do
with modern gear.

The Juice Extractor also
has a downward expander
circuit that uses a voltage-
controlled amplifier to pro-
vide up to 50 dB of gain re-
duction. At input levels
above an adjustable thresh-
old, output levels are unaf-
fected; below the set thresh-
old, the device decreases
outputlevel exponentiallyin
relation toinputlevel. Asthe
signal drops 20 dB below the threshold, for
example, the output stage decreases 30dB. If
the incoming signal drops to zero (no notes
played), the Expander causes the amp noise
to drop below audibility. In practice, this
worked very well, although (like everything
else on the unit), it took some experimenta-
tion to get a satisfactory sound. But we buy
things with lots of knobs so we have control
over the parameters, right?

It was funny to hear the same pickup
squeal at a high threshold that often occurs
when you run a guitar through speakers at
high volumes, but — with the right amount
of tweaking — it exhibited excellent signal-
to-noise. | had to work with it a while before
itsounded better than anormal directbox or
bad mic placement. However, if it were a
permanent part of my studio rack, I soon
would become a very fast and proficient
operator.

GROOVE TUBE
The Groove Tube Speaker Emulator ($450)
also worked well and it is considerably sim-
pler to use than the Juice Extractor. This 19
inch rackmount unit has a 4/8/16 ohm im-
pedance-selector switch, one input, one
output, /O level controls, and three bands
of EQfixedat220Hz, 1.7 kHz, and 3.5 kHz.
It works as a speaker load even when turned
off. When put to use, the input and output
controls somewhat affected overall tonal re-
sponse. The manual recommends a low in-
put level (below 12
Left: Red Box from Hughes o clock) to keep the
& I(e"ner; upper right: resonance filter
Groove Tube Speaker
Emulator.

These units do eliminate the problems of inconsistent mic

quality, fees for speaker-cabinet cartage

to sessions, and all the headaches of blown speakers and

raftling cabinets. The serious engineer

will want to try all three.

from overloading, and I found this useful.
The manual also recommends EQ settings
to obtain the sound of a U73 Marshall 100-
Watt head and a U62 white Bassman top:
After fiddling awhile, I got the idea — but if
you want those sounds, the best idea is to
use those heads in the first place. | produced
excellent sounds with the Emulator, with as
wide a range as | was able

to produce with the Juice

input, but its only use, as far as I can tell, is
to run from a preamp output into a low-
impedance snake on stage. Please note: the
Red Box has no dummy load, so you can use
it only with the speaker cabinet plugged in.
These three boxes all apply the theory of
negative feedback between amp and speak-
ers, with good results. Ultimately, compar-
ing them is a subjective ex-

perience. I'm not sure l ever

Extractor.

(NOT $O) BIG RED

The Red Box ($99) is the
simplest device of the
three. It doesn’t even have
a manual; instructions are
printed right on the unit,
in German (which doesn’t
help if you can’t read the
language). The Red Box is
about the size of a guitar
footpedal, and is powered
by a 9 volt battery. (It also

Manvufacturers:

Alon Holdsworth Juice Extractor,
Rockiron, 2870 Technology Drive,
Rochester Hills, MI 48309, (313)
853-3055; Groove Tube Speaker
Emulator, Groove Tube, 2866 Foot-
hill Blvd., Sylmar, (A 91342, (818)
361-4500; The Red Box, Hughes &
Kettner, Inc., 35 Summit Ave.,
Chadds Ford, PA19317, (215) 558-

achieved a real cabinet
thump, but it's also difficult
(o get one on a tape from
microphone techniques,
after the usual array of ef-
fects have been added.
These units do eliminate
inconsistent mic quality,
fees for speaker cartage to
sessions, and blown speak-
ers and rattling cabinets.
With enough tweaking,
these boxes, particularly the
Juice Extractor and Speaker

includes a connector for a
power supply, which must
be purchased separately.)
This thing has no controls.
You simply plug vour amp head into one
phone jack and your speaker bottom into
the other, then run the line out to your
console. The XLR line-out lets you bring up
the signal as a low-impedance mic level. |
found it satisfactory for general guitar
sound, but all the equalization has to be
accomplished through the board or out-
board gear. The Red Box also has a line

0345.

Emulator, provided more
satisfactory sounds than |
generally get from line-level
preampsordistortionunits.
The serious engineer of guitar sounds will
want to try all three — over and over again.

Chance is a programmer, composer,
andsessionguitarist, whose Los Angeles-
based production company specializes
in making alternative music.
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NEW
AT AES

The next six pages
contain many of the
important new
products you saw
(or may have
missed) in Los
Angeles.

There's nothing quite as
exciting — and exhausting
— as an AES convention.
Besides the fact thatit's a
powwow where ideas are
exchanged and friend-
ships are made, it's also a
forum for the latest and
greatestin creative sound
technology.Soifyouwere
too busy wheeling and
dealing to see the whole
show floor, or if you were
at the home front mixing,
relax. Our editors have
compiled a sampling of
the gear that stole the
limelight in L.A. Be sure
touseourexclusivereader
serviceand manufacturer
fax numbers for more
information.
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100

101

102

103

104
105

106

107
108
109
110

11
112

13
114
115
116

117
118
119
120
12
122

123
124
125
126
127
128
129

130
131
132
133

INFO#

FAX#
(201) 440-2865

(817) 870-1271

(415) 351-0500

(213) 836-9192

(804) 358-9496
(415) 367-4132

(002) 823-9542

(617) 329-124)
(213) 399-7665
(201) 249-2123
(716) 436-3942

{615) 689-7615
(516) 935-8018

(213) 676-6713
(213) 329-9895
(508) 485-0619
(415) 351-0500

(206) 778-9453
(301) 694-5152
(215) 874-0190
(201) 423-2977
(219) 294-8329
(037) 274-3532

(415) 351-0500
(516) 420-1863
(415) 327-0777
(612) 544-5573
(313) 471-2611
(415) 863-1373
(508) 234-8251

(213) 802-1964
(212) 265-8459
(916) 273-6948
(213) 841-0346

BRAND
Agfa

Akai

AKG

Alesis

Alpha Audio
Ampex

AMS

Andlog Devices
Apogee

Ariel

AR.T.

Audio Animation

beyerdynamic

BGW
Brainstorm
Bruel & Kjaer
BSS Audio

Carver
Cipher Digital
Community
Crest Audio
Crown

DAR

dbx

DDA
Digidesign
Digital Audio
DLC Design
Dolby Labs
EAW

Fostex
Gotham Audio
Hedco

Hybrid Arts

MODEL
SR-XS

$1100
DD1000
K270H(
(406

(407
RA-100
3630

DR-2

617 C-60
618 C-90
AudioFile +
Logic 1
Soundfield
AD1862
D160
DAT-56
Power Plant
MDC 2001
Paragon
MC742
T6-X 480
BGW 200
1DC-24
DPR-901
1CS-804
1(S-803
PT-2400
(DI-328
RS220
NexSys
Macro Reference
DASS 100
SoundStation/DSP
160XTDO
DCM224V
SampleCell
The CardD
SPEAK
Model 422
KF1000
SM300
820
Penguin
HD-16X16AS
ADAP I

* Note: All information compiled from manufacturer provided literature, and is subject to change without notice.




PRODUCT TYPE

audio cassette

mastering splicing tape
digital sampler

optical disc recorder
headset

instrument microphone
lavalier microphone
power amplifier
compressor

edit controller

audio cassette tape
audio cassette tape

hard disc recorder/editor
digital mixing console
stereo microphone

D/A convertor

dithering module

DSP development system
guitar preamp

master dynamics controller
broadcast signal processor
stereo condenser mic
wireless microphone
power amplifier
tach/dir converter
R-DAT archiving system
dynamic equalizer
stereo time corrector
time corrector

amplifier

random access recorder
loudspeaker

computer control system
amplifier

synchronizing system
digital audio workstation
compressor/limiter
console

playback card

buss card

software
encoder/decoder
loudspeaker

stage monitor

mixer

graphics interface

router

portable recorder/editor

APPLICATION

recording

recording

recording

recording
recording/monitoring
recording

recording

monitoring
recording/monitoring
recording/editing
duplication
duplication

recording

recording

recording

recording

recording

recording

sound reinforcement
recording

processing

recording
recording/sound reinforcement
sound reinforcement
recording

recording
recording/sound reinforcement
sound reinforcement
sound reinforcement
sound reinforcement
recording/editing
sound reinforcement
recording/monitoring
sound reinforcement
recording/monitoring
recording/edifing
recording

post production
recording

recording

monitoring
processing

sound reinforcement
sound reinforcement
recording

recording

recording

recording

NOTES

(-60, C-90 configurations

white, polyester tape for all audio production

RAM expands from 2 to 32 Mb

utilizes re-writeable optical disk

auto on/off switching headphone, electret condenser mic
mini lectret gooseneck

omnidirectional

100w into 4 ohms, independent channel volume controls
switchable RMS/Peak, Hard/Soft Knee compression styles
control interface for hard disk recorder

interlocking, symmetrical hubs

interlocking, symmetrical hubs

8 simultaneous inputs, read/write optical drives

for use in digital post production environment
produces B format signals for UH) surround systems
20-bit, 119-dB SNR

proprietary module

for 1BM-PC, AES/EBU SPDIF digital audio 1/0

remote channel switching, effects loop

21 LED gain control metering

4-band limiter, 4-band A/B comparison

2 vertical double diaphragm capsules

hybrid super/hyper cardioid polar pattern

100 w/ch or 200 w/ch mono

for use with Sony APR-24 onboard chase synchroniser
developed in cooperation with Panasonic Pro Audio

4 parametric bands of frequency selective compression
designed for speaker system time correction

mono, 1-in 3-out, multitap digital delay line

1156 w/ch-8 ohms

available in 2 or 4 track versions

200w pink noise/500w program, 127 db output ot Im
remote monitoring and system control

750 w/ch-8 ohms

multiple device interface and signal processor

16 channels, Segment Based Processing

separate active-balonced, single-ended outputs

4 stereo sub-groups, 24 routing buses

stereo, 16-bit, 16 voice, 8 output for Mac Il series

for 1BM AT, 16-bit digital recording to disk
loudspeaker simulation program

4-channels of Dolby B, C, § noise reduction

two 12-inch speakers, 2-inch high frequency driver
3-way, horn loaded design

20-input, 8-buss output

digital audio mixing, editing

available in stereo, dual, mono configurations

for use with 4Mb laptop computer, turnkey system
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134
135
136
137
138

139
140
14]
142

e -

Community VBS210, RS220 & 220 Controller 144

145

146
147
148

149
150
151
152
153
154
155
156

157
158

159
160
161

162
163

Milab LSR2000
2 164

INFO#

FAX#

(608) 273-5483
(818) 893-3639
(818) 763-4574
(213) 822-2252
(708) 864-8076

(201) 523-2077
(201) 579-6021
(213) 604-4487
(516) 420-1863

(501) 777-6753

(516) 333-9108
(617) 891-0340

(818) 718-2886
(818) 781-3828
(415) 486-8356

(503) 293-0562
(516) 420-1863
(062) 866-7002
(415) 871-6555
(619) 431-8077
(512) 891-2947
(212) 302-1627
(603) 498-3684

{312) 975-1700
(203) 792-7863

(916) 265-1010

(213) 946-6030
(415) 341-7200

(205) 985-9966
(714) 373-1242

(601) 484-4278

BRAND

Intellix

JBL

Jensen

JL Cooper

John Hardy Co.

JVC

JRF Magnetic
Kenwood
Klark-Teknik

Klipsch

Korg
Lexicon

Martin
Massenburg Labs
Meyer Sound

MicroAudio
Milab

Minim
Monster Cable
Morenz
Motorola
Nagra

NED

Neotek
Neve

NVision

0DC
Otari

Oxmoor
Panasonic/RAMSA

Peavey

MODEL

Studio Psychologist
SR4700 Series
69T

(-1

MPC-IR
TS-1R
DS-DT900U
PAW.
DA-7000/0D-7200
Midas XL3
Midas XL88
KP-320

KLiP Circuit
DAW

300

LXP-15

(T Series
8900

VX-1

DS-2

DCM 6200
LSR2000
£250
LightSpeed 12
SA-1000
96002

Nagra D
SoundDroid
MultiArc
Encore

DTC-2

VRP

NV2000

617 (X

MK-IV series
DDR-10
DTR-900-II
Series 54/Film
RMX-44/62
SV-255
SV-3700
SV-3900
Chase-Lock
3680
Ultraverb II
PMA 250
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PRODUCT TYPE

monitor mixer
loudspeakers

electronics packoge
control station

mic preamp card
transformer splitter card
DAT recorder

alignment tapes

(D write-once system
console

matrix mixer
loudspeaker

limiter protection circuit
digital audio production system
digital effects system
multi-effects processor
loudspeakers
limiter/compressor
stereo program equalizer
mid-bass loudspeaker
mixer

condenser microphone
ambisonic encoder

mic distribution system
amplifier

32-bit processor

digital audio recorder
oudio editing system
processing system-DSP option
console

digital transfer console
console

high definition audio system
encoder/decoder

tape machine

disk-based editor

digital audio tape recorder
console
amplifiers/mixing matrix
portable DAT recorder
DAT recorder

DAT recorder

software

console

multi-effects processor
amplifier

APPLICATION

monitoring
monitoring
recording

recording
recording/sound reinforcement
recording/sound reinforcement
recording

testing

recording

sound reinforcement
recording

sound reinforcement
processing

recording

MIDI

MIDI

sound reinforcement
recording

sound reinforcement
monitoring
recording

sound reinforcement
recording
recording/sound reinforcement
recording

processing

recording
recording/editing
recording/editing
post production
recording

post production
recording

processing

recording
recording/editing
recording

recording

recording

recording

recording

recording

MIDI

sound reinforcement
recording/MIDI
sound reinforcement

NOTES

remote controlled

fitanium diaphragm compression drivers
replacement for Magna-Tech 69C reproduce electronics
hardware control interface for disk systems

vertical format card-cage version

3 transformer isolated outputs

synchronizes with TV signals, uses SMPTE time code
1/4-inch time code and pilot tone test tapes

consists of encoder, writer, software

8 mute groups, 8 V(A masters, 18 discrete sends
standalone, 8-channels, contained in 4U rack mount
15-inch, 2-way, 12-inch passive radiator

available in KP, KSM series speakers

8-track recorder, 16-track MIDI recorder/sequencer
50 event program change list

remote control of 27 variable parameters

disco, theater, A/V applications

2-channel, variable crest, selectable soft/hard knee
5 controls per channel, overall stereo gain control
frequency range: 50-200 Hz

programmable from PC, Mac, front panel

hand held type for live applications

converts B-format signals into UHJ 2 information
digital multiplex fiber optic cabling

switching Class D power amp

for multi-chip implementation

4-track, 1 analog frack, time code

handles dialogue, effects, Foley applications
multitasking, multiuser

1-4 positions, LCRF or 6-track format/monitoring
A/B store system, optional dither

recall, flying faders, Dolby DS4 matrix monitoring
supports interconnections for ATV, D1, D2, type-C VIRs
encoding/decoding 2 channels, stand-alone rack-mount
2, 4, 8-track configurations

2-track

8x oversampled D/A convertors, 32-channels
4-channel panning, monitoring

1U, rack mount chassis

true gain control

jog/shuttle dial, AES/EBU 1/0

RS-422 control port

updated for SyncController synchroniser

100mm faders, 36 channels, 8 aux sends, 8 sub masters
256 internal programs, 128 effects slots

125w RMS per channel at 4 ohms
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NEW AT AES

Yamaha DMC-1000

INFO#

165
166
167

168
169
170

171
172
173
174
175
176

FAX#

(213) 530-2384
(714) 645-0401
(206) 347-7757

(714) 250-1035
(604) 734-3901
(213) 722-0911

(516) 932-3815
(212) 924-1243
(203) 434-1759
(212) 315-0251
(415) 394-8099
(201) 833-2880

(416) 886-6800
(818) 893-3639

{613) 696-4864
(081) 399-6821
(415) 457-6250
(206) 487-3431
(916) 635-1787
(615) 256-7619

(206) 283-5504
(519) 745-2364
(213)727-7635

(612) 736-1246

(415) 351-0500
(415) 657-4225
(818) 444-1342
(303) 447-2351
(714) 739-2680

BRAND

Professional Audio
QSC Audio
Rane

Renkus-Heinz
Richmond Sound
Roland

Samson

Schoeps
Sennheiser

Solid State Logic
Sonic Solutions
Sony

Sound Ideas
Soundcraft

Soundtracker
Soundtracs
Spatial Sound
Spectral Synthesis
Stewart

Studer Revox

Symetrix
Tannoy
Tascam

M

TurboSound
UltraAnalog
Vega
WaveFrame
Yamaha

MODEL

T0C Stage Wedge 2
EX 4000
FPL 44
FLM 82
(M Series
816-S
DM-80
MV-30
SBX-1000
True Diversity UR-4
VMS-0218

WM1

SoundNet
NoNoise Il
BVG-200
PCM-7010
P(M-7030
PCM-7050
RM-D7300
LucasFilm Library
Venue

Delta 8

PC 32
§SP-200
AudioVision
PA-500
Dyaxis 2+2
D820-48
DPR44
PS-88
M-3700
M-2500
488 PortaStudio
424 PortaStudio
Porta 03
996

AUD 80+
TMS-5

ADC 20048
Pro Plus
(yberFrame
DMC-1000
DMR8
AD8X
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PRODUCT TYPE

loudspeaker

power amplifier

limiter

line mixer

loudspeakers

special effects mixer
hard disk recorder
music production system
controller

rack mount receiver
stereo microphone
wireless mic mixer
digital audio network
digital signal processor
timecode reader/gen.
DAT recorder

DAT recorder

DAT recorder

DAT edit controller
sound effects library
console

console

digital sound editing system
mixing console
processor

graphic soundfile editor
amplifier

digital recorder/editor
digital recorder
recording/edifing station
subwoofer

console series

console series

portable recorder
portable recorder
porfable recorder
analog mastering tape
digital U-matic cassettes
loudspeaker

A/D converter

UHF wireless mic system
recorder/editor

console

digital audio workstation
A/D convertor

APPLICATION

recording/monitoring
sound reinforcement
recording

recording
monitoring

sound reinforcement
recording

MIDI

MIDI

recording

recording

recording

recording

processing

recording

recording

recording

recording
recording/editing
recording

sound reinforcement
sound reinforcement
film sound editing
recording/MIDI
MIDI

recording

sound reinforcement
hard disk recording
48-track recording
recording/editing

recording/sound reinforcement

recording
recording
recording
recording
recording
recording
recording

sound reinforcement
recording
recording
recording/editing
recording/mixing
recording/mixer
recording

NOTES

15-inch coaxial speaker

input connectors mounted on removable module
quad program, Auto Slave channel switching

8 mono, 4 stereo line inputs

multi-angled cabinet design

show controller for live performance applications
4 recording tracks expands to 8, 100Mb memory
built-in digital effects, tape sync

cueing system

signal level of +10dbm without clipping
user-selectable recordings, X-Y or M-S recording
5 inputs, incorporates RF receivers as inputs
works with 7 ScreenSound audio post systems
enhanced broadband removal program

portable DAT component

timecode-equipped

timecode-equipped

timecode-equipped

timecode-equipped

6-CD collection

8 buss, 40 inputs, 4 stereo effect returns

8 buss, 36 inputs, 16 monitor returns, 4-band EQ
multi-user system with independent workstations
321/0 channels, 72 line inputs with MIDI control
19-inch joystick remote, 2 rack spaces
application for SynthEngine Sampler

two rack space dual mono, 250w/ch into 8 ohms
2-, 4-channel simultaneous play, multitake record
4x oversampling D/A convertors, passive filters
4-track random access

100w self-powered for near field monitors

24- or 32-channel configurations

16- or 24-channel configurations

8 mono/? stereo inputs, 8-track

4-track, 3 tape speeds

4-track, 2 channel inputs, 1 7/8 ips, mini studio
79.5 SNR

83.5 mins. recording time

full range, 3-way enclosure

20-bit converter; 128-times oversampling
includes R-662 receiver, T-667 transmitter
multitrack 8 channel disk, sound looping

digital, automated

multi-track mixer/recorder

8-channel, 48, 44.1kHz sample rates

SSDECEMBER EQ




LA A S K-0. B MIKING

Miking Guitar Amps

STACKS OF MARSHALL amps may
be macho, but a lot of times, you can get
those great-sounding, loud, distorted
guitar tracks better with small amps and
speakers and a few well-placed micro-
phones. Too many times, I've seen engi-
neers start compensating for a bad guitar
sound with EQ, when the problem was
simply that the mics weren't in the right
spot — or weren't the right mics to begin
with.

Where you place
a mic can make or §
break your guitar
tracks. First, the
standardrock ‘n’roll
procedure is to po-
sition a “close mic”
no further than
about 18 inches
away from the
speaker. Depending
on how much of the
room's acoustic re-
flections you want
tocapture, asecond
“room mic” can sit
six feet or further
from the sound
source, on a stand
several feet off the
floor.

Picking the posi-
tions for the close
and room mic isn’t
a matter of formula
nor an act of magic.
You simply go out
into the studio,
stand, kneel and
otherwise contort
your body until you
find the spot that
sounds best. Then
you mike it.

So much for the
basics — of course it gets more complex
thanthis. Thesearch forthe ultimate guitar
sound is a fine art that most of us keep
honing and perfecting as we pack away
experience and develop our “trademark”
sounds.

‘PHONE CALLS

Just ask any engineer what his favorite
microphones are. You'll hear a thousand
different answers and a score of different
formulas — although in dynamics, the
names Shure SM-57 and SM-58 keep
popping up, as do the Neumann U87 and
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AKG's 414 in the condenser ranks.

I tend to use condenser microphones
for their brilliance, but many people like
the chunkier quality of a dynamic. They
also tend to be more reliable on the road
(not to say that you can continually abuse
them with floorshaking volume without
eventually paying a price).

Don’t be afraid to experiment; try plac-
ing the mic at different distances to create

a more in-your-face or ambient sound. If
the mic is right up against the speaker,
low-end boost will result (this is known as
the proximity effect).

For lead guitar, I usually place a stereo
pair of mics a few inches off the floor, one
to three feet in front of the guitar amp,
about three feet apart. I often put a reflec-
tive surface (Masonite or thin plywood)
on the floor in front of the amp, under the
mics. [ elevate the amp about a foot off the
floor on a large rubber block, so the mics
are in direct line with the speakers, and
the amp is physically decoupled from the

Beyer M-201 (left)
and M-88TG miking a
Marshall 25/50
Jubilee Combo amp.

Geﬁing the right string
sound without going direct
injection requires some
basic miking know-how.

TOM LUBIN

recording studio.
It’s never a bad
ideatoindulgesome
of your crazy ideas,
either, and great
success has been
had by miking an
amp in astairwell or
a hallway to catch
some dramatic
acoustic reflections
for a full, big sound.

AMPS & SPEAKERS
Choosing and plac-
ing the mics is ulti-
mately the arbiter of
your final sound
quality — but the
amp and speaker
can make an enor-
mousdifference too.
In my opinion,
smallerampssimply
offer more control
over the sound.
Moreover, the
speakerdistortion of
smaller speakers has
warmth, brilliance
and presence. Large

cabinets, on the
other hand, tend to

- have a harsher
sound.

Many guitarists
usetheamp without
the speakers, by
feeding some sort of
speaker-substitu-
tion box to the speaker output, simulating
thespeaker’'simpedance load. Manyamps
now include preamp-outs, so the pre-
amp’s distortion can be used without the
other amp circuitry.

Another viable alternative is to plug di-
rectlyinto the console via a direct box and
aneffects processorlike the Rockman, ADA
MB-1, or Boss GL-100 (see the Guitar DI



A few important words
about the new

A-T 40 Series:

AT4049
Omnidirectional
Capacitor

Tony Bongiovi
Power Station
“The 4051 is a great mike,
especially for rock. It sounds
fat and you can bang away at it
with a lot of level without a
pad...for a rock studio like the
Power Station that's important.
When you put it on horns it has
a nice clean sound and it holds
the dynamics well...it's just an
excellent sounding mike.”

AT4051
Cardioid
Capacitor

AT4053
Hypercardioid

David Cook o
Dreamland Studios
“...real nice top end and a
warm bottom end...very ver-
satile. | didn't have to pile on a
lot of EQ to capture the airin
the studio...very present, very
N B LUl 2 Jeff Baxter Now it’s your turn!
g Producer/Artist Compare the new
M ; I?n g og don “If I'm not getting what | want Audio-Technica 40 Series against
i G O"’,CS_ ) from another microphone...I've the very best in your studio.
The S/N ratio is superior to been putting up the 4051 and it Contact your A-T pro sound
some of the other mikes we nearly always does the job” dealer today.
used. They're bright and clean
so we don't have to push the Mack Emerman

EQ. Superb mike...great for
vocals, overheads, snare,
toms, electric and acoustic
guitar...it seems to work well
wherever we put it”’

Criteria Studio

“The response is very flat...it
holds the natural tonal qualities
even at high sound pressure
levels”

(IRCLE 06 ON FREE INFO CARD éudio technica.

1221 Commerce Drive, Stow, OH 44224
(216) 686-2600 « FAX (216) 688-3752




WORKSHOP: FallqLiic

feature in this issue). Other guitarists run
these devices into a powered, 4-inch
speaker that is miked.

Want feedback? Put the small speaker
on a stool close by, so the speaker blasts
right into your pickups. This results in big
amp feedback and sustain without shak-
ing the building apart. You can mike the
little speaker or run direct out of the dis-
tortion box, just using the speaker for
feedback. It's all a matter of taste, and
what you're doing. Often I cut rhythm
tracks direct through some distortion box,
then use an amp for the leads.

Getting fancy — or even setting up a
simple miking configuration — can cause
phase cancellation, which you'll notice as
combined signals lose their punch. Make
sure all the sources sound good when
combined in mono. If they don’t, for atwo
mic setup, rearrange the mics. If you com-
bine microphones with a direct signal, or
take a direct signal from a few different
places along the signal path (a preamp-
out combined with a speaker-out, for in-

£1990, illbruck, inc.
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stance), those different sources can be out
of phase. In this case, you can either play
around with different combinations of the
board’s phase-reverse switch(es) or repo-
sition the mics to solve the problem.

MAKING TRACKS

Once it all sounds good together, how
many tracks should you use? The number
depends on the guitarist. Some want each
outputofeach takerecorded on aseparate
track — one for the guitar’s direct output,
two for the delay’s output, one for the
preamp’s output, one for the speaker out,
and one for each mic.

On distorted rhythm guitars, I usually
mixthevarioussignalstogether forasingle,
strong, monophonic track. Then | double
the part on another track and pan the two
tracks left and right. Other incidental
rhythm parts would go on separate tracks
and get positioned in the mix to fit with
everything else.

Many players love amplified string
noises because they make guitar parts

CIRCLE 20 ON FREE INFO CARD

sound more exciting. I've recorded sepa-
rate tracks of finger squeaks, string noise,
and whammy-bar groans, sometimes in
stereo, sometimes even doubling them.
These get mixed in with the guitar perfor-
mance tracks.

A few final notes on the electricity: if
the board uses balanced inputs, and you
use direct boxes for the line-outs from
amps and effects, you have to try various
combinations of the ground-lift switches
on the direct boxes. If you don’t use direct
boxes, you probably need to lift the
grounds of the devices in use, leaving the
console’s earth ground the only one con-
nected. All other devices should be con-
nected to a 3-pin ground-lift plug. Don’t
break the ground pin off; it's the only thing
that stands between you and electrical
shock. And that can ruin any session.

Lubin isan American teaching record-
ing at the Australian Film, Television,
and Radio School.

From illbruck

1-800-662-0032

{In MN: 612-521-3555)




® @
Sound Studio Business

Suve big tax bucks with @
Subchapter S corporation.

STEVE HARLAN

read here without first consulting a qualified
tax professional.

Now go and dig out your most recent in-
come tax return. Flip through the forms until
you come to Schedule SE Social Security Self-
Employment Tax (SE Tax) and take a look at
line 9. That’s the tax | want to talk about and,
specifically, how it can be reduced.

For those of you who don’t have a Sched-
ule SE, it’s the way self-em-
ployedindividuals pay Social
Security. If you're a wage-
earner, social security is
taken from your pay as FICA,
but you should still read this
article if you're thinking
about starting a business or
might haveself-employment
income in the future.

The self-employment tax
rate was 13.02 percent for
1989 as it was for 1988. For
1990, the rate went to 15.3
percent. That means for ev-
ery $1,000 your studio or
music business netted youin
1990, you'll end up turning
$15 of it over to Social Secu-
rity — to say nothing of in-
come taxes.

A Subchapter S Corpora-
tion (S-Corp) can help. The
best way to illustrate this is
by example. Assume your
music business had total
sales of $100,000 and ex-
penses such as rent, utilities,
phone, supplies, deprecia-
tion, etc. of $60,000, netting
you a cool $40,000 before
taxes. As a self-employed

[ ONCE HEARD that a good example of
wasted space is a busload of tax accountants
going over a cliff — with three seats empty.
Being a CPA, I tried to subdue my laughter.
Butreally, folks, we card-carrying members of
the briefcase brigade come up with some re-
ally cool tax-savingideaseveryonceinawhile.
Our idea for today? Say “yes” to Subchapter S.

April 15th is already approaching, promis-
ing to take with it more hard-earned studio
and music royalty profits than you care to
thinkabout. Now, I know taxes mightbeasore
subject, but | promise not to throw saltin the
wound. Instead, I've got a tax idea that just
might save you some real dough.

But first, as always, | have to point out that
you shouldn’t take any action on what you

artist you'd pay $6,120 SE tax
on $40,000 of self-employ-
ment income.

But let’s say you had incorporated your
business and elected Subchapter $ status.
Using the same numbers, before you pay
yourself a dime out of your corporation, the
business has $40,000 ($100,000 sales less
$60,000 expenses). Now, there’s at least two
ways to take money out of an S-Corp. First,
you have to pay yourselfareasonable salary —
say $24,000. After yourS-Corp pays thatsalary
out of the $40,000 net income, it still has about
$13,600 left over ($40,000, $24,000 salary,
$2,400in FICA and payroll taxes). That $13,600
can be paid out as a “distribution” and isn’t
subject to the 15.3 percent Social Security tax.

You might be asking yourself “why not just
pay out the entire $40,000 as a non-FICA tax-
abledistribution?” Thereason is thatyoumust

pay yourself a reasonable salary. Unfortu-
nately, “reasonable” isnotdefined furtherthan
“what a reasonable salary would be given all
the factsand circumstancessurroundingyour
situation.” Insituations where there are simi-
lar businesses, you could find out what asimi-
lar position would pay in wages. Obviously,
determining the minimum salary is some-
thing best done with the help of a tax profes-
sional.

One more thing to consider. The above
strategy could possibly reduce your Social
Security benefits down the road because ben-
efits are more or less tied to what you've paid
over the years. Accordingly, it would be pru-
dent to contribute the FICA tax savings 1o an
IRA or other qualified corporate retirement
plan. The general consensusis thatdollars put
into tax deferred
retirement plans
will yield a greater
retirement benefit
than the same
dollars put into
Social Security.
However, thismay
be more the case
for younger than
older individuals.

Of course, an-
other way to look
at it is that the
Subchapter-S
FICAsavingsstrat-
egy can make a part of your Social Security
taxes optional. You can have the option of
spending those saved taxes in whatever man-
ner makes the most sense to you.

Setting up a corporation is a job for a CPA
and an attorney. When your attorney asks
what assets you want transferred into the cor-
poration, consider retaining all your equip-
ment and leasing or renting it to the corpora-
tion. Rental income may also be non-taxable
for Social Security purposes.

In addition to the limited liability benefits
of forming an S-Corporation, an important
side benefit for individuals with self-employ-
ment income below the SE tax maximum
($48,000 for 1989) is the ability to reduce So-
cial Security taxes. This is accomplished by
structuring a compensation package com-
posed of (1) a reasonable salary which is sub-
ject 1o Social Security taxes and (2) distribu-
tions, rent and other items which are not tax-
able for social security purposes.

The bottom line? Even if you're in the stu-
dio for love not money, that money is better
served feeding your outboard rack than pay-
ing unnecessary taxes.

Doesn't that put it all in perspective?

Spend those
saved taxes
on whatever
new gear
you need
most for your
project studio
system.
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10 Power Mixing Tips

This is the first in a regular
series of mixing tips
by leading recording
engineers and producers.

BOB HODAS

' WHEN MIXING WITH automation,
make sure to save the mix often. Even the
newest computer systems are quirky at
times; if they crash you lose hours of work
in a moment.

2 Use the fader reverse while mute writ-
ing. Monitoring the track on the console’s

small fader allows you to hear everything
and it also gives you cues for elements you
want in or out. Besides, it lets you concen-
trateon themusicinstead ofonthe meters.

3 Before doing a console reset, make sure
to mark your fader positions. Faders don’t
always come back to the same position if
they have not been properly calibrated or if
the computer is stricken by a bug. It saves
lots of time to visually verify your levels
rather than wondering after the fact,
“what’s different about this mix now?”

4 Want to avoid MIDI time lag on your
triggered instruments? Consider these: (a)
Assign the instrument you are replacing to
the sync head. The signal will naturally oc-
cur before the repro head. Delay that out-
put to trigger the sample until it fits into the
track where you want it. (b) When working
with a Studer tape machine with dual out-
puts, assign the second output to the sync
head. The trigger signal (the original snare,
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Whether you need to dub 'time code from one tape machine to
another, restore its readability (...at any speed) or just change its
level, the SR-1 is for you. With today's studio equipment relying so
much on time code, it is always vital to have it properly shaped.
The success of your next session could depend on it!

The SR-1 features: e Very high input sensitivity (threshold below -30db)
¢ Adjustable output level (from full off to +8db)
* Switchable output rise time (EBU/SMPTE/square wave)

\V
>IL‘< BRAINSTORM
ELECTRONICS, INC

...Intelligent Solutions For The Recording Studio
CIRCLE 08 ON FREE INFO CARD

Call us for more information:

(213) 475-7570
1515 Manning Avenue, suite 4
Los Angeles, CA 90024
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forexample) is thendelayed until thesample
snare you’re mixing with the original lines
up perfectly.

5 Reverse reverbs, pre-verb ghosts or pre-
delay can be created simply by taking the
signal off the sync head and processing it
before it occurs on the repro head.

6 Use outside gates for transient material.
Even the latest and greatest consoles have
very slow attack times on their gates (i.e.,
100 microseconds). As a result, they can
lose alot of transients and rob the life out of
your mix. I prefer to use independent gates,
the fastest of which is the Aphex 612, with a
four microsecond attack time.

7 When using EQ, try to cut instead of
boost. If something sounds too dull, cut the
offending frequency instead of brighten-
ing the channel. This way you won't get
into brightening wars with other channels,
which often leads to a condition I call
“fade-itis,” in which faders creep up until
you lose the console headroom.

8 Just because reverbs have stereo outs
doesn’t meanall reverb information should
be far left and right. Placing a verb panned
with the instrument itself often creates a
nice sonic space around that instrument.

9 Use gates for more than just noise con-
trol. For example, if a bass player is leading
the kick on a tune, gate the bass keyed by
thekick so the entry sounds tight. Create an
envelope around background vocals by us-
ing hold and release times and key them
with the lead singer.

I 0 Use EQ on effects sends. It is a lot
easier to tune what is going into a digital
reverb than what comes out in many cases.
Different devices (and programs) have dif-
ferent personalities and require individual
treatment. Theright EQ for the instruments
in your mix may not give the desired result
in the reverb.

I l Here's one more tip for good measure:
You don’t always need automation to fit a
lotof movesintoatune. So, don't forget the
lost art of tape splicing. Mix the song in
sections and then cut the pieces together
with your trusty razor blade and splicing
block.

Hodas has worked with the Doobie
Brothers, The Village People and
Windham Hill Records.



Get Every Bit
Into Your Audio

New Aphex Dominator  II Precision Multiband Peak Limiter

hen audio is converted to digital,
it had better be hot or you're
going to lose resolution (1 bit for every
6dB). Too hot and you will crash! Which
is why you need the new Aphex
Dominator Il Precision Multiband Peak
Limiter before your A-to-D conversion.
The Dominator has become the
standard peak limiter because of its
superb audio quality and absolute brick
wall limiting. It lets you run hotter with
absolutely no overshoot. And now, it
offers a dynamic range of 104dB, five
times better than digital!
The Dominator limits the audio in
three bands and recombines it in a

patented intelligent circuit. This means
that signals in one band won’t affect
another band, eliminating spectral gain
intermodulation, dulling and hole
punching. The result is hotter audio with
transient feel and absolutely no
overshoot!

There’s a Dominator designed to
maximize your recording or transfer
medium ... analog or digital ... tape, vinyl,
disc, sampler, hard disk or film ...
broadcast, land line, microwave or
satellite link. Contact your Aphex dealer
for a demonstration of the world’s finest
peak limiter, the Aphex Dominator II,
today.

APHEX

SYSTEMS
11068 Randall Street
Sun Valley, CA 91352

(818)767-2929
(IRCLE 02 ON FREE INFO CARD
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ANSWERS TO

YOUR RECORDING
PROBLEMS !

SHAPING YOUR SOUND

5 videotapes filled with real
life solutions to the recording
problems you face every day!
Over 6 hours of hands on demon-
strations, computer graphics & live

music examples help you see and
hear your way to great recordings.

Sitnextto EQcolumnist, Tom Lubin,
and learn this top pro's methods for
success with:
® Mixers & Mixing ¢ Microphones
* MuRtitrack Recording
® Reverb & Delay
* EQ, Compressors & Gates

Here's hundreds of tips and tricks
you'll put to work on your very
next session!

CALL FREE TODAY!
(800) 777-1576

FIRST LIGHT VIDEO PUBLISHING

374 N. Ridgewood Place,
Los Angeles, CA 90004
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friendly?
User Unfriendly?

Munufocfurers need to
address their products to
new generation of arfists

who record their own music.

J.D. SHARP

AVAST CHASM has opened between mu-
sical artistsand theirequipmentinto which

system expanded from acoustic piano and
Emulator to Kurzweil module, Elka MIDI

controller, Roland D50 synthesizer, and

Korg M1, plus a Tascam MSR-16 multi-
track recorder, Macintosh SE30 running
Studio Vision software, and Opcode Stu-
dio 3 SMPTE interface.

Her normal mode of creation involved
spontaneity, layering synths and samplers
somewhat randomly until something

came alongthatresonated in herimagina-
tion, at which time she’d switch on the
tape recorder and lay down a track. The

results were fantastic, reflected in healthy

sales of her independently distributed

many good musical concepts have plum-
meted to their deaths. The role of a new

generation of project engineers may be to
span that gap, so artists can concentrate
upon what they do best — creating art.

I recently helped a client implement
her new personal production studio. Her

The MIDI system that
Sharp designed made it so
his client could just switch
on a tape recorder and lay
down a track. w

tapes and CD’s. But she bought a com-
puter so she could record “virtual tracks”

directly to DAT
for outstand-
ing and crystal-
clear results-
making those
CDs and tapes
even better.
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REAL-TO-REEL

Yet something got lost in the translation.
MIDI1 was a blessing and an obstacleto her
way of doing things. MIDI sequencing
software is oriented more or less toward
working one track at a time, using one
instrument; as soon as this artist wanted
to assemble impromptu combinations of
instruments, things got awkward. She
used to keep all instruments on a single
MIDI channel, turning them up or down
to create layers. There was no way to do
this and keep data discrete on different
tracks and channels.

We dove onto the Studio Vision manual
and screen menus and discovered that a
provision does exist for sound layering.
She could override the normal
“rechannelization” of data to a single
MIDI channel by using an input map.
We created the input map and moved
on, since this only partially solved her
problem. Seems that with an input map in
place, Vision simply echoes exactly what’s
sent in, and my client didn’t know how to
make the Elka output on multiple MIDI
channels simultaneously. So we spent al-
most an entire day translating MIDI engi-
neering gibberish into humanly under-
standable concepts.

In the end all was well — but it was a
bloody struggle the whole way. In the end
her entire way of layering and creating
sounds had been altered, for better or
worse.

REAL DEAL

This experience clarified several points:
(1) Many productsin our field are designed
by engineers for people of an engineering
bent, and have little to do with how musi-
cians think. Yet often these products are
used by artists, not engineers. If these
products weren’t put in the hands of mu-
sicians before making it to market, manu-
facturers who think they’ve made progress
in the “user-friendly” arena are severely
deluded.

(2) The owner’s manual is probably the
most neglected piece of equipment sup-
plied with every device. The reason for
such neglect? The vast majority of them
are useless to anyone without engi-
neering experience and many might as
well have been written in Sanskrit.

(3) Equipment dealers are far too glib in
extolling thevirtues of the equipment they
market, and don’t make customers aware
of the potential down sides.

(4) Many artists would be better served by

leaving the engineering to someone who
understands their creative needs and can
bridge the gap between concept and ex-
ecution.

The industry-wide trend is going in the
opposite direction; more artists opt for
self-production and self-engineering. This
opens creative channels for some people,
as they become masters of recording and
computing media. For others, it merely
interposes an all new discipline that may
have nothing to do with where the artist’s
talent is.

Many personal project studios don’t
have a wall between control room and
recording space; similarly, the new breed
of engineer must emerge from behind the
console and expand his or her knowledge
to encompass the worlds of MIDI,
SMPTE, and production software.

Armed with such skills, a studio staff
engineer can enjoy security, instead of be-
moaning the fact that personal studios are
running small- and mid-sized operations
off the map. Meanwhile, musicians can
concentrate on sharpening their musical
skills and expanding the boundaries of
their imagination.

Sharp is the owner and proprietor of
Bananas At Large, a Northern Cali-
fornia pro audio and music
dealership.
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MAINTENANCE
Puttin’ On The Tweak

VU Calibration, Reproduce
Alignment, & Fun with
Nanowebers.

DR. RICHIE MOORE

NOW THAT WE'VE tweaked, cleaned,
and demagged the tape transport (as de-
scribed in EQ Sept/Oct '90), let's cali-
bratetherecorder’s VU meters and heads.

GETTING STARTED

Ican’temphasize enough how important
it is to demagnetize and clean the entire
tape path properly before you start the
alignment. Taking these all-important
preliminary steps prevents damage to the
costly and fragile test tape, and prevents
any debris from causing improper read-
ings during the alignment procedure.

To align properly, you need a test tape,
a good AC RMS VOM (volt-ohm-meter),
and asteadysine-wave signal source such
as a test oscillator. Required tools usually
are a 2, 2.5, and 3mm hex driver, small
(#1) flat-blade screwdriver or plastic
tweaker, and a non-inductive screw-
driver (depending on the machine). [Ed.
Note: An oscilloscope is ideal, but we’ll
also describe a method that gets you
close without one.)

Electronically aligning a tape machine
involves several stages: machine input/
output (I/0) calibration, reproduce
alignment, and record alignment. We’ll
take them one by one, from the top.

The first step is to read the label on the
side of the test tape box to find out the
reference level, or listen to the instruc-
tions at the beginning of the tape to get
that info. The announcer will say some-
thinglike, “The following tone is 1,000 Hz
recorded at the reference fluxivity of 250
nanowebers per meter.” As explained in
my last column, 250 nWb/m = +3 dB over
185 nWb/m, so we set the reproduce gain
to 0 VU.

VU METER CALIBRATION

Using a VOM every time you align a tape
machine is tedious. That’s why all tape
machines have built-in voltmeters: the
VU meters. You need only use the VOM
for occasional calibration checks and
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proof-of-performance verification.

(1) Plug the oscillator into your console
(unless the console already containsone)
and set it to 1 kHz at line level; that’s +4
dBm (1.23 VAC) or -10 dB (.317 VAQ),
depending on your machine.

(2) After measuring to ensure that all lev-
els coming from each channel of the con-
sole are the same, route the oscillator to
all busses and set the tape machine to
input.

(3) Attach the VOM to the output of track
#1. Adjust the input or monitor gain trim
pots on that track, so the voltage level
coming out is the same as that going in
from the console. Check the location of
the meter indicators for each channel. If
they read 0 VU, don’t touch them. If they
are not reading 0
VU, adjust the VU
meter cal trimmer
to achieve 0 VU.
(Not all tape ma-
chines provide
such a pot. Some
manufacturers in-
stall meters per-
manently  cali-
brated to the cir-
cuit, in which case
there is not much
you can do. For the
most part, they're
close enough for
rock 'n’ roll.)

(4) Perform step #3
for all remaining
channels. You now
have a very handy calibration tool with
which to do alignments — your tape ma-
chine.

Don't tweak your
machine until you've
deaned the tape path.

REPRODUCE ALIGNMENT

With the test tape loaded on the machine,
grab your faithful tweaker and follow me:
(1) Using the 1 kHz section of the repro-
duce tape, set the repro gain on each
channel to 0 VU. This is a preliminary
adjustment.

(2) Connect an oscilloscope to the out-
put of two outside tracks of the tape ma-
chine, with the ‘scope in the X-Y mode. If
aligning a multitrack machine, use the
tracks justinside the edge tracks (tracks 2
and 15 or tracks 2 and 23, for example).
(3) Before adjusting the azimuth of the
repro and record heads, make sure you
positively know which is the azimuth
screw (if in doubt, refer to the documen-
tation). Locate and play the 10 kHz por-

tion of the test tape. In repro mode, ad-
just the head for maximum output on the
‘scope, achieving as close to a 45 degree
angle as possible. Setting the correct azi-
muth involves turning the screw slightly
in one direction or the other.

[Ed. Note: If you don’t own an oscillo-
scope, connect the outputs of two out-
side tracks to two line inputs on the con-
sole. Assign these channelsto asingle VU
meter on the console. While playing the 1
kHz tone in repro mode, bring up each
fader individually until the common
meter reads -6 VU. Turning both on
should yield approximately 0 VU. Play
the 10 kHz portion of the test tape in
repro mode, and adjust the azimuth for
maximum output on the VU meter.)

(4) Put the machine into sync mode and
adjust the record head for the same con-
ditions as step #3 above.

(5) Again play the 1 kHz tone and read-

just the repro gain in repro mode for 0 VU
reading.

(6) Using the 1 kHz tone, adjust the sync
gain in sync mode for a 0 VU reading.
(7} In repro mode, play the 10 kHz tone
and adjust the high-frequency equaliza-
tion control for a reading of 0 VU. This
control probablyislabeled EQ or HF gain,
or something close.

(8) If your machine provides a sync HF
trim pot, adjust it in sync mode for the
good old 0 VU reading.

The only accurate way to calibrate low-
frequency gain is in record mode. We'll
cover that next time when we look at re-
cording alignment and the mysteries of
tape recorder bias.

Until then, have a good tweak.

Moore is chief technical guru at The
Plant Recording Studios in Sausalito,
California.
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Audio & MIDI: Closing a Gap

Foce it — music and MIDI
are two different languages.
Today’s new software is
helping the studio speak
both, but the real thrill is yet
to come: a universe where
audio and MIDI can be
treated as one and the
same.

TED GREENWALD

MIDI MAY BE acreative savior — but
itcanalsobeatechnical nightmare. When
combining audio and MIDI, you always
have to remember that you're speaking
two different languages, and bridging the
gap can be a real tongue-twister.

That's because these two types of infor-
mationare incompatible onseveral levels.
First, unlike music tracks already on tape,
sequencer tracks aren’t necessarily linear
(the material can be looped, reversed,
cloned, etc.) — plus, they don’t necessar-
ilyhavea fixed temporalrelationship (they
can be slid forward or backward, sped up
or slowed down, shortened, and so forth,
independently). And unlike audio, MIDI
dataisorganized clearly accordingto pitch,
duration, inflection, and other musical
content, elements you can manipulate in
isolation. On the other hand, audio data
has a full definition of timbre and ampli-
tude envelopes — information entirely
lacking in MIDI.

STUDIO VISION

How do you put the two together? In the
world of audio, the now voguish “music
workstation” is a crucial first step. In fact,
music software pioneers Opcode and
Digidesign have debuted products that
refine the integrated recording/sequenc-
ing environment, portending new break-
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throughs in price and functionality.

Studio Vision ($995), from Opcode, is a
softwareapplication thatintegrates Vision
(Opcode’s state-of-the-art MIDI se-

quencer for the Macintosh) with
Dlgxde5|gn s SoundTools ($3,285), a Mac-
based two-track hard-disk recording
package. Concurrently, Digidesign has in-
troduced Deck ($349), a software front-
end for SoundTools that provides a fa-
miliar-looking four-track recording/
mixdown screen and plays back standard
MIDI files along with digital audio.

The significance of both products is that
they locate MIDI sequencing and digital
recording (along with mixing and signal-
processing effects) in a single user inter-
face. Studio Vision and Deck offer a fresh
glimpse of the power that awaits the mu-
sic production community — levels of
spontaneity, productivity, and flexibility
unavailable today, but likely to be taken
for granted in the next several years.

There are two ways in which Studio Vi-
sion significantly narrows the gap. The
first is its price, which brings an unparal-
leled degree of audio/MIDI integration
within reach of the smallest studio own-
ers. The second is its user interface, which
doesn’tdifferentiate between audio tracks
and MIDI tracks, at least for the purposes
oflarge-scale viewingand editing. Regions
selected for cutting and pasting can in-
cludeboth sequenced and recorded tracks;
multitrack editing is performed as though
they were one and the same.

FUTURE VISION

Studio Vision can give us all a taste of the
future — a future in which the differences
between thesequencingandrecording will
become more or less irrelevant in produc-
tion. Cutting and pasting en masse is only
the beginning; someday, we'll be able to
take sequenced and recorded tracks and
quantify, time-compress (or expand),
tempo-map, bounce, crescendo and
transpose them together.

Sound good? The future will also see the
end of the difference between disk-based
audio (associated with conventional re-
cording) and RAM-based playback (more
often employed in conjunction with se-
quencing). Thatmeansfragmentsofaudio
might be swapped from hard disk to RAM
as necessary, automatically, upon invo-
cation of enveloping, looping, filtering, or
triggering commands. The result will be
enormous creative power at the touch ofa
couple of buttons.

Studio Vision offers a
fresh glimpse of the
power that awaits the
music community as
MIDI and audio re-
cording technologies
are combined.

The New En-
gland Digital (NED)
Synclavier triggered
this trend with the
introduction of the
Sample-To-Disk
option in 1982, and
has offered inte-
grated features in a
multitrack environ-
ment since 1985.
“Our sequencer
doesn’t discrimi-
nate between the
soundscreated in the synthesizer, in RAM,
on hard disk, or via MIDI,” says Ted Pine,
NED’s marketing manager. There’s no
practical difference between punching
into a sequence track and an audio track;
infact,onecommand convertsasequence
track into audio data. But the sequencer
doesn’t give a coordinated, comprehen-
sive view of various levels of data organi-
zation or apply MIDI-style functions to
audio tracks.

In its debut edition (v1.1), Opcode’s
Studio Vision, linked up with Digidesign’s
SoundTools, would perform some MIDI
operations on audio tracks. For instance,
the start times of user-defined audio re-
gions could be quantified to a specified
rhythmic value. That was the first step to-
ward providing audio parallels for the mi-
croscopic editing capabilities already
taken for granted in MIDI production. The
next will be to automate the process, so
that the system can identify the sounding
portions of live track, isolate them, elimi-
nate the intervening silences (to save
memory), and quantify them, allin asingle
command.

With the addition of a pitch-recogni-
tion algorithm, the system might parse an
audio track into its component pitches
and durations, making them available for
MIDi-style manipulation. Ultimately, it




Studio Vision_
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would be able to eliminate redundant
notes, compiling a recorded performance
as a conventional sequenced multi-
sample, complete with controller data for
pitch bends and dynamics,
and available for re-se-
quencing. It could alter in-
dividual pitches to fix a
clam — and indeed, might
identify clams automati-
cally — and edit individual
timings to tighten up an
uneven performance. Spot
wiping would be reduced
to deleting an on-screen
audio event. It could even
apply esoteric MIDI func-
tions like key-coherent
transposition (in which
some pitches are trans-
posed more than others) to
recorded audio.

David Frederick, in charge of product
developmentat WaveFrame, makers of the
AudioFrame workstation, offers the con-
cept of “multi-purpose tracks” allocated
by the machine itself when presented with
a given type of data. “We need machines
capable of determining the most efficient
way of storing a performance,” he asserts.
If you were to connect a mic to an analog
audio input, the machine would allocatea

An integrated digi-
tal recording/se-
quencing system

might parse an
audio track info its
component pitches

and durations,
making them avail-
able for MIDI-style

manipulation.

hard-disk track. If you fed it MIDI data on
a currently unused channel, it would cre-
ate a sequence track automatically.

USER VISION

How would such func
tions appear to the user?
Opcode founder Dave
Oppenheim, “designing
on the fly” as he puts it,
imagines a visual display
depicting audio and se-
quence tracks, allowing
the user to “zoom in” to a
music-notation view of
the pitch and duration
materials of sequence
tracks and audio tracks
alike. The user wouldn’t
need to know if it was
MIDI or audio until he
wanted to make an alter-
ation peculiar to one kind of data or the
other. Atthat point, he could selectto view
the data level.

If the data happened to be MIDI, the
display would be alphanumeric; if it were
adigital recording, the screen would show
an editable waveform graph, or perhaps a
Fourier spectrum. The MIDI display, ide-
ally, could be toggled to a synthesizer edit
window, making the parameters of a syn-

thesized sound
accessible. Like-
wise, a software
toggle could re-
place the audio
waveform display
with sample edit-
ing tools for loop-
ing, enveloping,
filtering and other
DSP functions.

What stands in
the way of realiz-
ing such notions?
One of the biggest
roadblocks is sim-
ply research and
development,
particularly in
software. “Most of
the technology, in
terms of compo-
nents, is already
available,” ac-
cording to Ted
Pine. “Thereal ad-
vances in the
1990s are going to
be in the user model.” MIDI sequencers
have been designed around a tape deck
model for years; the opposite has yet to be
attempted. With the range of other func-
tions that might be built into such a sys-
tem, designing an interface for a practical,
integrated workstation is no mean feat.

There are technological difficulties as
well. After decades of research, a solution
to the problem of polyphonic pitch track-
ing — that is, the ability to identify the
pitch components of recorded tracks so
that they can be manipulated — remains
elusive. Real-time pitch-to-MIDI convert-
ers such as IVL’s Pitchrider suggest, how-
ever, that monophonic tracks may no
longer pose a problem. Refinements of
existing technologies — faster hard disks,
faster microprocessors with wider word
lengths, larger RAM chips, cheaper ana-
log-to-digital converters — appear to be
well within the foreseeable future. The day
of the fully integrated music production
system may not be so far off.

Greenwald is a music producer,
composer and journalist. Recent
projects include “The Beatles Com-
panion” and music that has appeared
on Windham Hill and Sonic Atmo-
spheres Records.
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They called him the “Fifth Beatle.” When they weren't calling him the first genius of the
electronic keyboards.
From the Fab Four to number one on the charts, Billy Preston’s career adds up to three
decades of pure legend. A musician’s musician, he takes charisma and the keyboards to
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and recorded—music before.
The sound of the future. Available now to uncompromising audiophiles. o
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Audio at Your Desktop

Three ways fo match your

desktop sights with digital
sounds.

mises that keep prices down,
it usually works out to be
much less than that. The
most sophisticated systems
have a maximum sampling
rate of 22 kHz, which trans-
lates to a possible top end of

about 10 kHz, but again, per- MIDI Hcrd-ddls‘(
formance is often signifi- sequence recording
HAROLD OSBORNE cantly poorer in practice. But (de ending

WHAT DOES THIS new buzzword
“multimedia” mean to the world of audio
recording?

Multimedia includes such diverse con-
ceptsasinteractivevideodiscs, games, and
educational software. What the “revolu-
tion” is about, primarily, is that the tools
for creating these things are no longer the
exclusive property of expensive studios,
butare nowavailable toanyone with access
to a personal computer.

The function of sound in multimedia is
to link with images, to act as bridges be-
tween program segments, or to convey
information when the viewer or user 1akes
a certain action, like pushing a button or
selectinganitem fromamenu. “Authoring
systems” are the software used to create
the presentations, and they use sound as
“castmembers,” oritemsto becalled up at
specific times.

DIGITIZED

There are basically three ways to incorpo-
rate sound into a multimedia presenta-
tion. The simplest is with a digitizer that
records audio from a microphone into
RAM. Each sound in RAM is given a label,
and can then be played back on cue. lIts
chiefadvantage: it’s cheap. An audio digi-
tizer costs only about $100 or so, and if
you're using short sounds, you don’t need
a lot of RAM to play them. RAM is itself
relativelyinexpensive—current prices are
hovering around $50 per megabyte, which
is enough for up to about four minutes of
sound at minimum fidelity. External stor-
age, once you're done with a sound, is
relatively easy, especially with high-den-
sity floppies and hard disks. Digitizers are
available for just about every type of
computer, so this method of recording

Above:
Comparative
dynamic range;

for narration, dialog, and
even some effects, RAM re-
cordingis perfectlyadequate.

DISK DRIVING

A high-fidelity alternative is
hard-disk recording, now
available on Macintosh, IBM,
and Atari platforms. In this
method, incoming audio is
recorded directly to a high-
speed SCSI hard disk, by-
passing RAM almost com-
pletely. Audio performance
is much improved, with 16-
bit recording and sampling
rates as high as 48 kHz. Much
attention is paid to filter and
convertor design, and the
systemssound sogood, some
can even be used to master
CDs. The hardware to ac-
complish this, of course, is
significantly more expensive
than simple digitizers: typi-
cal cost is $2000 to $3000
(not inciuding the com-
puter), although a recently-
introduced system for the
Macintosh, Digidesign's
Audiomedia, retails forabout
$1000.

Storage, however, is a ma-
jor issue. A one-minute ste-
reo sound file at maximum
fidelity will occupy 10 mega-
bytes on a disk. While having
10 megabytes available on a
typical computer hard disk is
not uncommon,
the question re-
mains of what to
do with the
sound when

- 100 dB

- 50dB

on hardware)

- $3000

- $2000

- $1000

(depending on
configuration)

MIDI
sequence

Hard-disk

recording

Below:
Minimum
hardwore costs
{not including
computer).

sound for multimedia is very popular.
The big tradeoff, of course, is quality.
Digitizers work in 8-bit samples, which
gives a best-case dynamic range of only
about 48 dB — and due to design compro-

you’re done with
it. Removable
hard disk drives,
read/write mag-
neto-optical sys-
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tems, and tape streamers all can provide
adequate storage for archiving such storage
for archiving such huge files, but they
aren't cheap.

Accessing a hard-disk recording from
within a multimedia application is not as
straightforward as dealing with RAM-digi-
tized sound, and special routines have to
be included in the software to locate and

play the sounds from disk. In the Macin-
toshworld, these are known as “X-objects,”
and take the form of small programs that
are inserted into Hypercard, Macromind
Director, or other platforms, and are sup-
plied by the makers of the audio hardware.
Once these programs are installed, calling
up hard-disk files on cue in a presentation
is simple.

SAMPLE
PERFECTION.

Sony’s professional portable DAT recorder is a digital
sampling musician’s dream come true. About the size of a
hardback book and weighing less than five pounds, the TCD-
D10 PRO delivers the extraordinary sound of DAT with a
dynamic range exceeding 85dB. To find out where you can
sample one, call 1-800-635-SONY.

TCD-D10 PRO

® Light weight: 4 Ib., 7 oz.

@ Measures only 10" X2 1/4"X 7 5/8"

o Continuous operation of 1.5 hours
on one rechargeable battery

® Easy-to-read large back-lit LCD multi-function display

® S'P and AES/EBU digital | O

® Professional balanced MIC’Line XLR Input

€ 1989 Sony Corporation of Amernca

Sggg Communications Products Compan
S O N Y 1600 Queen Anne Rd - Teaneck NJ 0766g’ o~
® .

Sony is a registered trademark ot Sony

PROFESSIONAL AUDIO
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MIDI MINDED
The third method of doing sound with Mul-
timedia is to use MIDI. MIDI music and
sound effects can be created with any se-
quencing program, and the sequences
stored as standard MIDI files. On the
Macintosh, they can then be played back
through multimedia software using X-ob-
jects similar to those used to play hard disk
recordings.

MIDI’s great
advantageisthat
it is almost infi-

nitely flexible.

WhenaMIDI se- Some
quence is play- manufactu rers,
ing, it can be al- .

tered in real I'ke ROIOnd/
time; tempo and are direcfly

volume can be
changed, tracks
can be muted or
brought in, mu-

addressing the
MIDI-for-

sical lines can be mulﬁmedio
transposed, .
loops can be en- ma rkef Wlfh
tered and left, 2 0
and pieces can mexpenswe
even be re-or-  standalone
chestrated on o
the fly using mu|f|-hmbro|
program change
commands. mOdU|eS'
MIDI also

givesyou thewidestrangeofchoicein terms
of playback hardware, whether you use a
single keyboard-less synthesizer module,
or an automated 32-channel studio. Some
manufacturers, like Roland, are looking at
directly addressing the MIDI-for-multime-
dia market, and are making inexpensive
standalone multi-timbral modules featur-
ing high-quality synthesized and/or
sampled sound with no controls at all, de-
signed to be operated entirely from a com-
puter.

MIDI's chief disadvantage is that you
can't record “real” sounds, like speech,
without samplers, which increases cost
and complexity dramatically. But there’s
no rule that says you can’t combine meth-
ods, and use MIDI for music, hard disk
recording for those bone-jarring sound ef-
fects, and RAM recording for voices.

As the field develops further, we should
begin to see more such “hybrid” uses of
different audio technologies, which will al-
low sound to take its rightful place as an
equal partner to sights in the world of
desktop multimedia production.



EFFECTIVE
VIDEO F/X

What's new in desktop video?
The Macintosh community is
buzzing about the newest
desktop video production
system, Video F/X, an
integrated video, audio and
graphics editing system that
lets you create pro-quality
videos from a Macintosh |l
keyboard.

Video F/X uses propri-
etary analog and digital
technology to translate video
signals into digital computer
format and back to video. lts
hardware includes an external
video/audio control box and
a video frame buffer add-in
card for the Macintosh Il. The
control box contains video
and audio switchers which
mix video sources and stereo
sound tracks while placing all
video tape recorders and
other peripherals under

computer control.

Other features include an
alpha keyer which superim-
poses fitles and graphics
cleanly over live video with
multiple degrees of transpar-
ency; a trensition generator
which fades, wipes or
dissolves scenes; and circuitry
to synchronize the Macintosh
with VIRs. The digital frame
buffer is a 32-bit color
QuickDraw compatible card
which can capture frames of
video and output Macintosh
graphics to a VIR.

For video clip selection,
definition and review,
producers use the Macintosh
to control playback from the
VTRs, with accurate control to
a single frame. Single frame
accuracy is needed to create
professional quality video
presentations. Users can
select start and stop points
and capture frames of video
in real time.

Video F/X will support

interformat editing, utilizing
VTRs in a variety of formats,
from Hi-8 and S-VHS to U-
matic, Betacam and video-
disc. The product can receive
input from two video and
three stereo audio channels,
as well as Macintosh audio or
microphone input to the audio
mixer.

Video F/X's key software
element is its Organizer
Window, which is used to
script, link scripts to video
footage and log clips. As the
user selects a clip, Video F/X
records the reel name,
timecode position, duration,
clip name, and the head
frame (a picture of the first
frame of video selected). This
information is displayed on
the computer screen as well
as recorded in on Edit
Decision List (EDL).

Users can cut and paste
video images, insert graphics,
trim and rearrange segments,
add audio, and select scene

transitions such as fade-ins,
directly from their Macintosh
screen. Video F/X can then
assemble their program
auvtomatically and with frame
accuracy. The user can
preview edit decisions on a
video monitor, continue to edit
if necessary, and then
produce a finished master
video fape.

A minimum configuration
requires a Macintosh Il, eight
megabytes of memory, 40
megabytes of storage, a
Macintosh RGB color monitor,
two VTRs, an NTSC video
monitor and a System 6.0.5
{or higher) operating system.
The product was scheduled to
begin shipping in October
1990 at a price under
$10,000.

Video F/X is an inte-
grated desktop system
requiring a fraction of the
knowledge, cost and space
investment of traditional
editing systems.

S ONY o Low-cut roll off switch
®

PROFESSIONAL AUDIO

SAMPLE STEREO.

Sonys ECM-MS5 stereo microphone puts high quality
stereo miking from a single point within your reach.

Incorporating Sony's MS (Mid-Side) capsule technology, the
MSS5 brings true stereo imaging to your recordings. Coupled

to Sony’s TCD-D10 PRO portable DAT recorder, the MS5

provides digital sampling resuits of startling clarity and realism.
To find out more call 1-800-635-SONY.

ECM-MS5

® Three matched condenser capsule MS design

® Light weight: 7.6 oz.

® Six position adjustable directivity (0-127 degrees)

® Accepts 12-48V external power

e Optional DC-MS5 DC power supply allows 20 hour
operation on a single AA alkaline battery
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DataDisk Goes Live. Musicians can now use
the Alesis DataDisk for playback in live
applications without having to use se-
quencers and computers, thanks to recent
software upgrades that include a MIDI se-
quence recording/playback feature. Along
with this upgrade, Alesis is also offering
new software for the Quadraverb simulta-
neous multi-effects processor, featuring
1.5 seconds of sampling at full band-
width, which can be triggcred manually
or via MIDI. Flexible multitap delays, a
ring modulator, resonators, and MIDI-

COMPREHENSIVE
SALES, RENTALS,
SERVICE AND SUPPORT
FOR ALL YOUR
EQUIPMENT NEEDS.

controlled dynamic panning round out
the new Quadraverb features. The soft-
ware updates will retail for $30 each.
Contact: Alesis, 3630 Holdrege Ave, Los
Angeles, CA 90016; (213) 467-8000; Fax
(213) 836-9192.

Hybrid Intros New ADAP Il Software. Users of the
ADAP 1 digital audio recorder/editing
system from Hybrid Arts can now change
the length or tempo of an audio file uni-
formly — without changing its pitch or
introducing artifacts — using the new

AUDIO INTERVISUAL DESIGN

1032 N. SYCAMORE AVE. - HOLLYWOOD, CALIFORNIA 90038 - (213) 469-4773
GRCLE 35 ON FREEINFO.CARD
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TimePage software. This new algorithm
can scale speech by plus or minus 30 per-
cent without artifacts, says Hybrid’s Di-
rector of Research and Development,
Chuck Peplinski. Contact: Hybrid Arts,
Inc. 8522 National Blvd, Culver City, CA
90232; (213) 841-0340; Fax (213) 841-0346.

New Application Notes From Lexicon Lexicon is
offering a range of free Application Notes
as part of a continued effort to provide
tips, tricks, and techniques to owners of
Lexicon PCM-70 and LXP-5 digital effects
systems, as well as the MRC MIDI Remote
Controller. These include: “PCM 70/MRC:
Chorus 300DLY. Stereo Chorus and Delay
with Remote Control Using Dynamic
MIDI(r)"; “LXP-5/MRC: Interactive Im-
provisation and Alternative Performance
Techniques”; “MRC: MIDI, Mixing, and
the MRC"”; “MRC: Mono Mode on Yamaha
Synthesizers"; LXP-5: Too Many Nouns?
Try These 'Verbs' (Getting More Reverb
From the LXP-5)"; “MRC: Two MRC Set-
Ups For The Kurzweil 1000 Series”; “MRC:
Using the Lexicon MRC MIDI Remote
Controller with the Alesis Quadraverb”;
“LXP-1: Controlling LXP-1 Decay and
Delay With Your Drum Machine.” Contact:
Lexicon, Inc., 100 Beaver Street, Waltham,
MA 02154; (617) 736-0300; Fax (617) 891-
0340.

Peavey Adds Sampling Option to the DPM 3. Peavey
Electronics has introduced upgraded
software for the DPM 3 keyboard, along
with a sampling option called the DPM
VE. The new software provides local edit
capability for samples loaded via MIDI
Sample Dump Standard, and it also sup-
ports dumping of samples from internal
memory viaMIDISample Dump Standard,
with expansion Sample RAM capability of
up to one megabyte. Changes in the soft-
ware can totally reconfigure the method
used to generate sounds. A new sampling
option is also available for the DPM 3 key-
board, the new DPM VE. The VE is rack-
mountable in a standard 19-inch rack,
occupying only a single rack space, but
holding plenty of power. The samples are
16 bit; the unit supports the MIDI Sample
Dump Standard. By coupling the DPM VE
module with the 2.0 software version of
the DPM 3, a player is able to take his own
16 bit samples and load them into the
DPM 3, as well as performing editing on
the samples. MIDI IN, OUT, and THRU
ports are provided. The DPM VE supports
any sample rate from 16 kHz to 48 kHz.
Contact: Peavey Electronics Corporation,
711 A Street, PO Box 2898, Meridian, MS
39302;(601) 483-5365,Fax: (601) 484-4278.



HS322 Sampling Board

ventide engineers just can’t stop
E teaching the Ultra-Harmonizer® new
tricks. First the built-for-broadcast

effects and TimeSqueeze® capabilities of the
H3000B. Next, eight new algorithms and 200
new presets in our SE ConKit. Now, 11.8 sec-
onds of stereo or 23.7 seconds of mono sam-
pling with the HS322 Sampling Board option.

For $995, the HS322 adds 16 bit 44.1 kHz
sampling to any Ultra-Harmonizer. And
Eventide’s unique pitch change technology
makes it easy to do things no ordinary sam-
pler can. Change playback length without
changing the pitch, to make music or back-
ground loops happen fast. Change playback
pitch without changing length, to add author-
ity to a voice or impact to a sound effect.
The HS322 can also work like an ordinary
sampler if you want to change pitch and
length simultaneously.

The HS322 board records two stereo or mono
sounds, with the flawless audio quality that’s
made the H3000 a radio favorite. You also get

Looping Is Only
Our Newest Trick.

fast, flexible, precise control. Start recording
and playback manually, via MIDI or audio
trigger. Edit Start, Stop and Loop points using
the famous Eventide Knob to “rock” audio,
or enter locations on the keypad.

Impressed? Ultra-sampling is just part of the
H3000'’s best trick—the way it keeps your orig-
inal investment growing in power and perfor-
mance, without making you buy a whole new
box. Production and air talent keeps getting
more and more out of the H3000—because we
keep putting more into it. So, if you're ready for
more than just another “fad box,” talk to your
broadcast distributor. And sample the future.

Eventlde

the next Sep

One Alsan Way ¢ Little Ferry, New Jersey 07643
Tel (201) 641-1200 » Fax (201) 641-1640

(Sample responsibly: Credit and compensate your sources. )
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continued from page 10

limiting, expansion, or by a noise gate.
The means of control that is used depends
on whatis needed to be done to the signal.

Each of the controllers mentioned above
can beinstalled into the direct signal path,
however, the use of the side-chain can add
maore control over the signal. Forinstance,
a compressor installed in the direct signal

path may cause some undesirable effects
on the signal. The effects are known as
“pumping” or “breathing.” Both refer to
the same side effects, and to a suppressed
signal. The “pumping” generally occurs at
low frequencies. The suppressed signal
willoccur at high levels, due todrastic gain
reduction.

In an effects loop the direct signal path

You’'ll Love Our
PLAYING

GREAT ACCURATE SOUND
-..WITH TRUE BASS

The HRM-1 Near Fields represent a significant departure from
other reference monitors...Great accurate sound with natural,

well-defined bass.

Audix engineers have redefined near-field performance
standards. 100-percent increase in voice-coil motor size for
200 watts power handling and unprecedented 48 Hz low end.
An acoustic neoprene front baffle absorbs unwanted cabinet
refractions, the number one cause of phase problems. Stereo-
matched components assure three-dimensional definition
for exact instrument placement within the sound field.

State-of-the-art accuracy, high resolution, superior depth
of field, and precise imaging. Audix HRM-1. Love at first play.

USA: 5653 Stoneridge, Pleasanton, CA 94566 .

PHONE: 415-463-1112 FAX: 415-463-2149

CUSTOMER SUPPORT: 1-800-888-9992

IN CANADA: TMI, P.O. Box 279, Port ®

Coquitlam, BC V3C 3V7
PHONE: 604-464-1341 FAX: 604-464-9275

TOOLS FOR SERIOUS PLAY
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To eliminate the pumping
from the system put a low
frequency dipping curve on
a graphic equalizer to
desensitize the compressor
when those frequencies are
present.

is interrupted, sent to an exterior device,
processed, and then returned to the direct
signal. Aside-chain effect will notinterrupt
the direct signal path, it is a branch from
the signal path to an exterior device, pro-
cessed by that device, and when returned,
then summed with the direct signal path.

An example of this configuration of a
side-chain would be used on acompressor.
By adding an equalizer in the side-chain,
the compressor becomes “frequency de-
pendent.” This technique is often used on
vocal tracks and is known as a “de-esser.”
De-essingrefers to the removal of the high
level of sibilant frequency in the vocal
track, which will cause distortion. A good
example of excess sibilance would beona
live local newscast. When watching the
news, listen to the field reporters. At the
end of the words listen for a prolonged “s”
or during the word for a prolonged “sh”
sound. This is when a de-esser needs to be
employed.

This method of installing an equalizer
in the side-chain of a compressor can also
be used on low frequencies. This would be
done when too much low frequency en-
ergy is present in the program. (Normally
a graphic equalizer is used for this tech-
nique.) When this occurs the compressor
will ride the gain of the system up and
down in time with the bass beat. As a res-
ult “pumping” will occur. To eliminate
the pumping from the system put a low
frequency dipping curve on a graphic
equalizer to desensitize the compressor
when those frequencies are present.

When adding controllers to the side-
chain the overall system noise will not be
increased. However, when adding any-
thing into the direct signal path or the
effects loops, the system noise will in-
crease. Therefore, theuse of theside-chain
is the preferred method.

Bruce R. Griffen, Technical Support Mgr.
Rane Corporation



I'm thinking of replacing our
multi-box speaker system
with a small package proces-

sor system. However, I'm wondering
how the array of boxes will compare
sonically when highs/mids/lows are
stacked and pointed where I need
them. The sensitivity and coverage
chartsdon't tell me all I need to know.
What's the reach of a small box sys-
tem? The idea of a smaller, flyable
system appeals to me, but what am I
giving up?

Feliciano Sevilla
Catano, Puerto Rico

The sonic quality of a speaker

system is dependent on the

caliber of the speaker compo-
nents and the way in which they are
combined and aimed. Start with top
quality components to get an excellent
sound.

The purpose of an array is to reduce
the interference between speaker sys-
tems by minimizing overlap of cover-
age patterns. However, speaker sys-
tems do not magically combine merely
by placing them in certain configura-
tions. All systems, even those that are
"trapezoidal,” must be aimed to ad-
equately cover the audience area. The
trapezoid shape is designed to get the
rear of the cabinets closer together for
proper coverage.

The "reach" of a system, also re-
ferred to as the "throw," is determined
by the directivity of a speaker system
across its bandwidth. Therefore, as a
rule of thumb, three- or four-way sys-
tems with horn-loaded mids and highs
will have a longer throw than a two-
way system with direct radiating low/
mids and horn-loaded highs. Since a
horn mouth must be larger to control
lower frequencies, most effective
"long-throw" systems are larger than
the typical small "processed," or elec-
tronically-controlled speaker systems.
However, recent developmentsin fairly
compact one- and two-box "all-in-
one" speaker systems with horn-loaded
mids and highs have made these ideal
for medium and large applications
where longer throw is desired. Often,
the smaller systems are used to aug-
ment larger systems for front- and

side-fill use, or by themselves for short
to medium-throw applications. Try to
find these types of systems being used
for events, listen to them, judge the
environment and then determine what
will work best for your needs.

Ivan Schwartz, Concert Sound
Marketing Manager
Electro-Voice

EQRA

Send your technical queries to:
EQ Editorial, 939 Port Wash-
ington Blvd., Port Washington,
NY 11050.

The shape of pure sound...

PROFESSIONAL SOUND SYSTEMS
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333 East Fifth Street
Chester, PA 19013
{215) 876-3400

FAX (215) 874-0190

Community’s design philosophy has always
been a little unconventional.

When everyone else was insisting on metal,
we promoted the precise shapes achievable
through fiberglass. When others built walls
of direct radiators, we built efficiency. When
most of professional sound was divided at
800 Hz, we concentrated on midrange.

For those prepared lo listen, the rewards of
good design are clear.

In the RS220 Wavelront Coherent™ Loud-
speaker syslem we have created the true
culmination of Community design—precise
fiberglass curves flowing into malched
components—a system designed for
effortless performance with maximum
efficiency. power and clarity.

Community’s RS220
The shape of pure sound...
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Aphex
Studio Clock

phex's Studio Clock
is a sophisticated
master clock with
lots of power packed
into a single rack space. In a
nutshell, theStudio Clock reads
and writes all four SMPTE rates
(30 fps, 24 fps, 29.97 fps, 25 fps)
and can convert that code into
MIDI clocks with song position
pointer, MIDI Time Code, or
Direct Time Lock. It also incor-
porates a tempo tracker that
cansyncto existing music even
when time code isn’t present.
The ability to create a tempo
map along with a Macintosh
MIDI interface completes the
package.
Back & Front. The back panel
of the Studio Clock includes

phone

jacks for
SMPTE in and out,
along with a pulseinputand a
click output (this could be used
to send a click through head-
phones). There are two Macin-
tosh computer ports and four
MIDI jacks included; the nor-
mal In, Out, and Thru, along
with another leading directly
into the second Mac input.
Also on the back are the power
switchand theinputjackfora9
volt power transformer.

The working end of the Stu-
dio Clock includes a large six-
digit LED display. This display
isused to show both the timing
information and the parameter
settings. Programming the
Studio Clock is accomplished
by accessing different pages of
functions. A series of five LEDs

TO DECEMBER EQ

are used to inform you of the
current page, and three buttons
(up, down, and yes) are used to
accessthedifferent parameters
and to set their values. Addi-
tional LEDs let you know when
the unit is sending MTC, stor-
ing a tempo map in memory,
running, or listening to infor-
mation at the audio input. Two
level knobs, one for trigger and
theother for SMPTE, round out
the front panel.

Readin', Writin', and
Rhythm. When striping time
code with the Studio Clock,
options are available for set-
ting the SMPTE starting time.
For example, you might want
to stripe a tape with the time
code beginning at 1:01:05:00
(hours:minutes:seconds:frames).

The Studio Clock can read a
SMPTE signal from -30 dB at
a-10level, up to -2 dB at a +4
level. The unit’s sensitivity can
be adjusted with the SMPTE
level knob in order to

achieve the
best

pos-
sible signal.
By tweaking this

knob along with the output
level of the stripe, it’s easy to
getastrongand consistentlock.
If, for some reason, the Studio
Clock has trouble reading the
code, the front panel’s LED lets
you know by displaying
BADBAD. Error correction in
the software makes it possible
to read pretty bad code, and
even read code on tapes that
have been spliced.

Operating as a standard
SMPTE to MIDI converter, you
can specify a starting time for
the first measure of music
(perhaps the song should start

at01:01:15:00), tempoinbeats-
per-minute, and a SMPTE off-
set value. From there, you can
access another programming
page to set different values for
certain measure numbers. For
example, the tempo, meter, or
the offset could be changed at
barseight, 12 and 24. There are
also options for editing or de-
letingany changes thatyou may
have programmed into the
Studio Clock.

Synchronization is available
in three different flavors. MIDI
clocks and song position
pointers would be used when
slaving most drum machines
orsoftware sequencerstotape.
Direct Time Lock is available
for those sequencers that can
respond to it, and MTC is sup-
ported. Of course, when out-
putting MTC, tempo changes,
offsets, and meter changes are
irrelevant as MTC carries no
timing information within its
code.

Tempo Tracking/Maps. One
of the hippest features of this
machine is its ability to read a
piece of music in real-

time and create a
tempo map.

There are

three ways the Studio Clock can
accomplish this bit of magic.
First, it has the ability to listen
to an audio source routed to
the pulse-injack.Second, itcan
listen to MIDI clocks. This is
great if you want to dump a
tempo map from an external
sequencer into the Studio
Clock. And third, the unit can
create a tempo map from read-
ing Note-On messages from
any MIDI controller.

The tempo tracker (used

MANUFACTURER: Aphex Systems, 11068
Rondall Street, Sun Valley, CA 91352;
Tel: 818-767-2929.

APPLICATION: A powerful SMPTE to MID!
converter for situations where you must
sync to recorded material, or have a
live drummer control a software se-
quencer in real-time. production/per-
formance, recording, post production.

SUMMARY: lts ability to lock a software
sequencer to a prerecorded material
was nothing short of amazing.

PRICE: $695

when tracking from audio or
MIDI) makes use of four differ-
entalgorithms. Each algorithm
is designed to provide a differ-
ent window for capturing the
timing of the performance. For
example, Algorithm 'A’ allows
the tempo to be changed dras-
tically over a short period of
time. It is best used when the
tempo tracker is looking for
quarters and eighths (perhaps
the snare and kick of an acous-
ticdrummer). Algorithm'C’,on
theotherhand, willunderstand
very complex rhythms, but the
tempo can only be pushed or
pulled gradually.

Using the tempo tracker
feature, the Studio Clock can
be used to sync a drum ma-
chine or software sequencer to
a real musician. Since it can
track audio and MIDI note-on
messages, the musician could
be performing live on acoustic
or MIDI instruments.

The Studio Clock will even
let you change the tempo
tracking parameters at speci-
fied measures. Along with pro-
gramming the tempo, offset
and meter of any bar, you can
also tell the Studio Clock to lis-
ten to a different source (MIDI
notes, MIDI clocks, or audio)
and applyadifferentalgorithm
at any particular measure.

The tempo tracker can even
track a full audio mix (strings,
winds, vocals, etc.) because it
listens for transients from the
drums and other rhythmic in-
struments. It has trouble track-
ing a smooth flowing passage



that has little rhythmic move-
ment (this is perfectly under-
standable), but if the mix has a
rhythm section, this baby can
lock to it.

When creating a map, you
instruct the Studio Clock that
you want to make a recording
of the changes taking place in
the tempo tracker. According
to the folks at Aphex, when a
map is being recorded, each
eighth note is tagged to a par-
ticular SMPTE location (accu-
rate to the bit). In addition to
this, each downbeat of every
bar has a special tag which lo-
cates its position in the SMPTE
code.

When playing back a map,
the Studio Clock is constantly
checking the location of each
and every eighth note and
comparing it to the tagged
SMPTE location. You may not
be aware (visually) of tempo
changes at the level of the
eighth, because the display
only updates the beats-per-
minute at the beginning of
each measure.

Once the Studio Clock has a
tempo map in residence, the
unit can be instructed to play
back the map (in which case
the standard SMPTE to MIDI
converter is negated), or to dis-
able the map. If you wish to
edit the map, you can do so on
a global scale. Global editing
allows you to adjust the entire
tempo map more on top or be-
hind the beat with a resolution
of one SMPTE bit (416 micro-
seconds). Another function of
the global edit is to move the
entire map to a new SMPTE lo-
cation. The Studio Clock also
offers a provision for editing
singleeventsin the tempomap.
Any eighth note can be shifted
forward or backward in time
with the resolution of one
SMPTE bit.

Strengths & Weaknesses.
There are several features that
make the Studio Clock a hip
piece of gear. The display can
be seen from several feet away

as the LEDs on the front panel
are quite bright. In addition,
the unit can perform a Sysex
dump from the front panel.
This means you could create a
new tempo map or a feel fora
tune, and then save it out to
your sequencer or universal li-
brarian for later use. You could
even audition changes in the
tempo or the offset in real time
while a sequencer is slaved to
the Studio Clock.

Now for some minor gripes.
The power switch on the back
of a rack-mount unit doesn’t
make sense. You either have to
crawl behind your rack to turn
it off or leave the box on all the
time. In addition, 9 volt power
converters seem to be self rep-
licating. Adding another one
isn’tanideathatdrivesme wild.

The Studio Clock will let you

set time signatures for differ-
ent measures, but within a
limited range. Meters can be
programmed to be from three
to 12 eighth notes long. While
these settings may be sufficient
for most pop music, workingin
meters such as 7/16 or 11/4
creates a nightmare. While the
Studio Clock will accept tempo
and offset changes, they can
only be accomplished at the
level of the measure. There are
no provisions (other than using
the tempo tracker or recording
atempo map) for programming
a tempo change in the middle
ofabarorperformingasmooth
accelerando or ritardando.

Conclusions. The Studio
Clock’s ability to lock a soft-
ware sequencer to a prere-
corded material was nothing
short of amazing.

If you're looking fora SMPTE
to MIDI converter and run into
situations where youmust sync
to recorded material, or have a
live drummer control a soft-
ware sequencer in real-time,
the Studio Clock could be your
salvation. If you're interested
in having the studio clock fol-
lowalive MIDI controller, have
a salesperson give you a demo
first. —Norm Weinberg

EDITOR'S NOTE: Newsoftware
upgrades for the Studio Clock
were just introduced — includ-
ing a Macintosh editor with ex-
tensive tempo map editing fea-
tures, plus a Performance ROM
that turns the Studio Clock into
a central stage brain, control-
ling various MIDI products
while syncing the sequencer to
a live drummer.

THE STUDIO SOURCE.

INNOVATIVE SOLUTIONS FOR PROFESSIONALS

Prompt, Courteous Service ® Always The Lowest Price

* SOUNDTRACS IL48/ERIC/CMX/MRX STUDIO CONSOLES ¢ AMEK MAGNUM/TAC SCORPION I/
BULLET CONSOLES « C.A.D. 16 TO 48 INPUT, DC SERVO POWERED MIXING CONSOLES » EVENTIDE
H-3000S & B ¢ NY'S EXCLUSIVE T.C. ELECTRONICS DEALER FEATURING THE T.C. 2290 » AKG ADR
68K DIGITAL REVERB * ROLAND R-880 DIGITAL REVERB & E660 DIGITAL E.Q. * CONDENSOR MICS
BY JOSEPHSON, AKG, CROWN, NEUMANN, SONY & SENNHEISER ® APPLE MACINTOSH COMPUTERS
(NY'S ONLY APPLE MUSIC DEALER) ¢ SOUNDTOOLS DIGITAL AUDIO RECORDING & EDITING
SYSTEM o TASCAM MSR-24 1" 24.TRACK BREAKTHROUGH PRICE RECORDER ¢ MONITORS BY ||
TANNOY, EV, JBL & UREle PROCESSORS BY EVENTIDE, LEXICON, DBX, SYMETRIX, VALLEY PEOPLE, ||
ALESIS, T.C. ELECTRONICS & AUDIO LOGIC » D.A.T. FEATURING THE SONY TC-D10PRO & PCM 2500
AND THE PANASONIC SV-3500 & SV255 » SAMPLERS FEATURING THE AKAI S-1000 & S1000HD, THE
ROLAND 5-770, 5-550, & 5-330, THE EMU EMAX 11, Elll & PROTEUS ¢ INTRODUCING D.A.R. DIGITAL
WORKSTATION - POST PRODUCTION POWER TOOL. * DRAWMER ¢ CALZONE CASES

Plus Tape e Strings ® Cables ® Software ® Parts
Even Musical Instruments!

:_ SamAsh

i P'R O F E S S I
723 SEVENTH AVENUE (THIRD FLOOR)
NEW YORK CITY * 10036 * (212) 719-2640

e DESIGN e« SALES
® SERVICE  PARTS
* INNOVATIVE
FINANCING PLANS
0 N A I, R RUSH DELIVERY
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Encore
Notation
Software

ith six different mu
sic notation pro-
grams already on the
Mac market, why would Pass-
port enter the fray with a new
program? Perhaps the answer
lies in an elusive combination
of high-quality printing, MIDI
capability, control over the
printed page, and ease of use.
To date, no single program
seems to be all these things to
all people
Encore offers high-quality
printing on a Postscript printer
using Adobe Systems’ Sonata
font. The program both sends

and receives MIDI: It creates
notation from standard MIDI
files and creates MIDI data
from notation. Encoregivesthe
user a great deal of control over
the printed output by being
able to adjust the placement of
almostanysymbolon the page.
Theprogramhasafriendly user
interface and it’s as fast as any-
thing else on the market (even
on a Mac Plus). So, could En-
core be the one we’ve all been
waiting for? Read on.

Data Entry. Encore lets you
enter notes in four different
ways: step entry with the
mouse, step entry with a MIDI
controller, real-time entry with
a MIDI controller, and import
ingMIDIfiles. All four methods
can be mixed and matched to
best suit your own work habits.
Imported files must be stan-
dard type one MIDI files or

originate from Passport’s own
Master Tracks Pro, Master
Tracks Jr., or Pro 4 programs.

Importing is extremely fast.
When data is first imported to
Encore, itappears as a series of

NOTHING HAS EVER SOUNDED AS GOOD
ASTASCAM’S DIGITAL RECORDER.
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note heads representing pitch
andrelative position within the
barlines. Each track of a MIDI
file will appear on a separate
staff (maximum of 64) and
bring with it track names and
tempo maps, along with time
and key signatures.

The next step is to ask the
program to guess durations. In
essence, this quantifies the no-
tation from the MIDI data and
assigns traditional note values
to the dots. Encore had no
trouble transcribing eighthand
quarter triplets accurately, but
completely missed any other
duplet value. Once a hunk of
datahasduration, the program
can “beam on beat.” Thisauto-
matic feature beams groups of
notes to coincide with tradi-
tional beaming rules depend-
ing on the meter.

There are two other ways to

use MIDI information when
entering note data. In step-
time, Encore will listen to a
MIDI controller to determine
pitches, while you select the
rhythm from the Mac’s key-
board or the notes palette on
screen. Encore is pretty quick
at this too, tossing about two
notes persecond on the screen.
In you prefer, Encore will also
record your MIDI perform-
ance in real-time.

Notes can also be entered
with the standard point-and-
click technique. Simply select
a note value from the notes
palette and click a position on
the staff.

MIDI Playback and Editing.
These two topics are closely
related. Encore is not a se-
quencer, yet the program can
be used as a MIDI data genera-
tor that will let you hear all of

Until now,
to get a price tag

your edits through MIDI com-
patible gear.

Depending on the particu-
lar action, edits to your score
may affect the screen, the MIDI
data, or both. MIDI data can be
massaged in a complementary
way for most edits that affect
only the screen. For example,
you could add a crescendo to
your score, and then tell En-
core to gradually change the
velocity of the MIDI data asso-
ciated with the crescendo.
While not automatic (like
Finale’s executable shapes),
this method is still effective.

Selecting data for editing is
quite easy and very thorough.
Each staff can contain up to
four voices and each voice can
be adjusted individually. Data
can be selected by note, sec-
tion, bar, staff, page, or the en-
tire composition. Shift-click

UNTIL NOW.

MANUFACTURER: Passport Designs, 625
Miramontes St., Half Moon Bay, CA
94019; Tel: (415) 726-0280.

APPLICATIONS: A notation program that
will adapt itself to the way you actu-
ally compose — on a sequencer, with
a pencil and paper, or in real time.

SUMMARY: High-quality notational
software, tested on the Macintosh,
that is every bit as powerful as it is
easy to use.

PRICE: $595

selection of discontinuous
material is supported.
Perhaps the greatest editing
plus of Encore is the ability to
move and adjustany notational
symbol on the page. All graph-
ics in Encore are extremely
malleable. Crescendo, di-
minuendo, slurs, ties, pedal
marking, boxes, circles, ob-
longs, and lines can be dragged

XLR-type balanced
analog inputs

that sounded this good,

you had to settle for a DAT

that didn'.

and outputs. 64X
oversampling. And

sampling rates of 48,

Now you can buy the new
DA-30. Based on Tascam's award-
winning Zero-Distortion (ZD)
technology, the DA-30 brings you
incredible sound at an incredible
price.

This is a DAT that'll give you
the digital masters and music
demos of your dreams. Because it's
loaded with features professionals
need. Like AES/EBU digital I/Os.

441 and 32 kHz for optimum
recording.

This is a DAT designed to give
you the audio for video that'll
bring ‘em back for more.

At a price you never thought
youd see in this lifetime.

We know what you want. It's
called the DA30. And there’s one
with your name on it now at your
nearest Tascam dealer.

TASCAM.

©1990 TEAC America, Inc., 7733 Telegraph Road, Montebello, CA 90640. Telephone (213) 726-0303.
*Manufacturer’s Suggested Retail Price
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and stretched after placement.
Even beams can be grabbed
and adjusted in terms of height
and angle.

Interested in adding text or
lyrics? No problem. Text boxes
can be entered anywhere on
the page and up to four verses
of lyrics are automatically cen-
tered under notes.

Score Control and Layout.
Page setup is not difficult. Ini-
tially, you let Encore know how
many measures to place on a
line (from one to eight), and
how many systems to place on
a page. Once defined, all mea-
sures take up the same amount
of physical space. You can give
a measure more or less room
by dragging the barlines. You
can also tell Encore to add or
subtract measures from the
system, as well as add or sub-
tract systems from the page.

The musical symbols for
each staff can be scaled to one
of four sizes. It’s even possible
to have different size staves in
the same system. The upside of
this technique is that you can
pick afontsize that best fits the
look and density of your score.
The downside is that you can’t
mix sizes within a single staff.
Whenit’s time to create a set of
parts from the score, Encore
can perform an automatic part
extraction. But, the program
doesn’t create multiple rests in
an extracted part.

Final Verdict. Passport
seems to have created a nota-
tion program that will adapt it-
self to work the way you feel
most comfortable. Some musi-
cians compose on a sequencer
and are looking for a notation
program to transcribe the au-
ral to the visual. Encore will do

this. Other composers like to
work with a pencil and paper,
trying out new ideas and lis-
tening to how they sound. En-
core would make thiscomposer
feel rightathome. Others might
want a program to take down
their improvisations in real-
time to create both notation
and a MIDI file that can be
tweaked until perfection. En-
core will do this too.

Tim Tully has written a
manual that is clear and con-
cise. The tutorials explain most
of the features that you'll need
for just about any notational
project. The user interface is
slick, smooth, and logical.
There arekeyboard equivalents
for just about any action. In
short, Encore’s got a lot going
for it.

Yet, there are a few major
obstacles that Passport needs

tosolve before this program can
compete in the real world of
professional notation. Firstand
foremost is the problem with
vertical alignment. This should
be automatic. The time con-
suming task of realigning just
about everynote by hand is not
attractive. A Passport repre-
sentative has said that this
problem would be addressed
in the next update.

Next in importance is the
ability to perform cross-staff
beaming and allow beams to
extend over barlines. Encore
should also automatically cre-
ate multiple rests in extracted
parts. Lastbut notleast, Encore
needstosupportdouble dotted
notes and rests.

If Passport could fix these
problems, this would be one
heck of a program.

—Norm Weinberg

» 6 STUDIOS FILLED WITH THE LATEST EQUIP-
MENT: DIGITAL RECORDING TO HARD DISK,
DAT MASTERING, AUTOMATED MIXING, MIDI
AND MUCH MORE

» SMALL CLASSES, PERSONAL ATTENTION

» NO PREVIOUS EXPERIENCE REQUIRED

> >

'LEARN THE ART OF RECORDING

THE RECORDING WORKSHOP 1S THE WORLD'S LEADING SCHOOL FOR ‘’HANDS-ON"
TRAINING IN MUSIC RECORDING TECHNOLOGY. IN OUR INTENSIVE, 5-WEEK PROGRAM,
YOU'LL LEARN THE CREATIVE OPERATION OF PROFESSIONAL RECORDING EQUIPMENT.
WE'LL TEACH YOU THE JOB SKILLS NEEDED TO SUCCESSFULLY START YOUR CAREER AS A
RECORDING ENGINEER, PRODUCER OR STUDIO MUSICIAN

» INTENSIVE, 5-WEEK PROGRAM GIVES YOU
MORE QUALITY, IN-STUDIO EXPERIENCE
THAN MOST LONG-TERM SCHOOLS

» JOB/INTERNSHIP PLACEMENT ASSISTANCE

> FINANCIAL AID AVAILABLE

» LOW-COST, ON CAMPUS HOUSING

FOR FREE BROCHURE, PLEASE CALL OR WRITE TODAY

THE RECORDING WORKSHOP

THE 1-800-848-9900 1-614-663-2510
RECORDING 445-J MASSIEVILLE ROAD, CHILLICOTHE, OHIO 45601
WORKSHOP A OHIO STATE BOARD OF PROPRIETARY SCHOOL REGISTRATION #80-07-0696T
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DIRECT DIGITAL RECORDING MASH FILTERS
DIGITAL IN & OUT RECHARGEABLE BATTERY

256X OVERSAMPLING SUB-CODE EDITING
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BE A RECORDING ENGINEER

Learn Recording and Mixing, Signal Processing, MIDI,
Digital Audio and more Intern at atop NY studio and
benefit from lifetime job placement assistance. Ask about
the special summer program for college students and the
new VIDEO TECHNOLOGY PROGRAM

800-544-2501
NY. NJ, CONN 212-777-8550
Lic by NYS Education Dept / HS or GED Required
App for Vet Traming / Financial Aid it Eligible

Institute of Audio Research

64 University Place Greenwich Village. New York NY 10003
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SUCCESS

in the music industry
is not easy, but it

IS POSSIBLE

Today's recording environment re-
quires trained professionals to accom-

plish a wide range of challenging and

and exciting tasks, from commercial
R | j record production and video post pro-
duction, to performance and music technology. I.C.A. offers complete training to those
who are serious about a career inside today's music industry.

If You Take Music Seriously
Take Serious Training

For Information

(604) 430-4092
I.C.A. Institute

( A 5787 Marine Drive, Bumaby, B.C. VSJ3H1

(604) 430-4092
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Great Sound, Longer Head Life

For Your Teac Recorders

Saki 8-track and 16-track Permalloy replacement record
and playback heads are 100% interchangeable with
Teac heads, but with significant advantages:

Ours last longer.
Ours cost less.

And ours sound just as great!
What's more, every Saki head is
backed by an unconditional 100%
satisfaction guarantee.

No questions asked.

Call us now for details.
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SAKI MAGNETICS, INC.
RHisl

26600 Agoura Road, Calabasas, California 91302
N © Phone: (818) 880-4054 Telex 244546 Fax: (818) 880-6242

MADE IN THE US.A.
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And Digital
Standards
To All...

Aﬂer Season’s Greefings
Come the Workstation Blues.

ROGER NICHOLS

HRISTMAS IS just around
the corner, and it is waiting
to mugyou, beat you sense-
less and take all of your hard
earned cash. Ifyou can’t think
of anything else to waste your money on,
how about the quietest consoles known to
man or multiple synchronized digital
multitrack machines that will allow you to
record so many tracks that it will be im-
possible to find a place to mix them?
And don’t forget the digital audio work-
station. You will be able to play with the
newest, latest, whiz-bang digital audio
workstations that are guaranteed to save

82 DECEMBER EQ

you time and effort when editing your next
project. Or...maybe not.

TIME SAVER?

Maybeit takes longer to do youreditingon
a hard disk-based editor. Consider this
little scenario: You have decided to mix
directly to your new hard disk-based digi-
tal audio workstation with a650 megabyte
hard disk so that you can store over an
hour’s worth of material.

Great, so now you take all of your new
equipment into the studio to start mixing.
Everything is going just fine. You finish
mixing the first half of the album and then
realize that you don’t have enough room
on your hard disk for the whole album.
You forgot to allot space for the two differ-
ent versions of one of the tunes or the TV
mixes of all of the tunes. Boy, this stuff
eats up hard disk space pretty quickly.

Well, you guess that you are going to
have to off-load some of the tunes to make
room for the ones that you haven’t mixed
yet. Your choices are to copy the mixes to
a DAT machine or some other digital au-
dio two track machine that has the appro-
priate digital interface, copyall of the data
to a bunch of removable hard disks, copy
everything to a removable optical disk
drive, or back up onto 600 or so floppy
disks. I think one of the questions they ask
when you call the suicide hotline these
days is “are you attempting to backup
digital audio data onto floppy disks?”

This is just the beginning of your prob-
lems. After you have spent half your life
getting yourdigital information in and out
of your workstation and have managed to
getyouralbum edited and sequenced, how
are you going to get it to mastering? A lot
of mastering facilities have some sort of
hard disk-based editing system, but I'll
bet two tickets to the next Steely Dan con-
cert that the hard disk-based system at
Bernie Grundman’s or Bob Ludwig's is
not the same brand as the one that you
bought. So once again you have to down-
load your data to a format that can be used
by the mastering facility. This time saving
device has just cost you another hour or
two. Was it all worth it? Only time will tell.

LIFE SAVER?

I think that digital audio workstations can
save time. There are editing and sequenc-
ing tasks that can be done on a hard disk
system that are simply impossible in a
longitudinal system. [ think that the
bottleneck is in the storage media adop-

Standards have to be
agreed upon to enable the
transfer of data between
systems, and
from system fo system.

ted by the system. Erasable optical disks
seem to be the way to go. More and more
manufacturers are turning to this type of
media for storage. The problem is that the
data storage is not compatible from sys-
temtosystem. Youcannot take adisk writ-
ten on one system and read it on another
system. Thereare enough different sources
of hard disk-based workstations that vir-
tually every studio could own a system
built by a different manufacturer.

Let me assure you that | am not against
digital audio workstations — quite the
contrary. | have been using a hard disk-
based editing system since 1981. | needed
it so badly that I had to build it myself. It
was based around an S-100 computer sys-
tem with the Micropolis 32 megabyte 8-
inch hard disk system and a digital inter-
face to the 3M digital multitrack. It's name
was Wendel. [ used it on the Donald Fagen
“Nighttly” album todo things that couldn’t
be accomplished any other way.

Digital audio workstations today are
becoming even more valuable as produc-
tion tools, but standards have to be agreed
upon between manufacturers to not only
enable the transfer of digital audio data
between systems, but to transfer editing
information from system to system.

In the land of video editing a CMX-
compatible edit decision list is transport-
able between systems with excellent re-
sults. The same thing needs to happen in
the land of digital audio workstations
before everyone will have one.

So when you sit on Santa’s lap and he
asks you which digital audio workstation
you want, tell him that Rager said that you
should wait until you can perform some
edits on your Digidesign, take the optical
disc to your friend’s Sonic Solutions to
clean up some background noise and then
go on to the mastering facility where they
have a DAR SoundStation II for mastering.
Now you've really got something.

Nichols is chairman of the boards at
Soundworks West in West Hollywood.
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TDK Demo—Length Tape. After all you’ve gone through to make sure your demo sounds better, put it on the
tape that makes your demo sound better. The TDK Professional Master SM Series. With its refined Super Auilyn
formulation and the widest dynamic range of any studio demo-length tape, the TDK Professional Master SM is the best
way for undiscovered talent to get heard. Which may explain why TDK high bias cassettes are
preferred by more top studio engineers than any other tape. So whether you're a musician, a &TDK
producer, or an engineer, and whether your demo is 10, 20, 30, or 60 minutes long, - ‘

AsSerious AsYouCan Get.

make every minute something everyone will want to know about. Stick to TDK.
For more information or the Professional Master Series, contact the TDK Professional Division at (800) 752-9835
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mall Monitor. Big Difference.

In the recording business, little things can
often make big differences. Studio monitors,
highly sophisticated critical listening devices, are
certainly no exception. Our Control Series™
compact personal monitoring systems each pro-
vide the performance characteristics demanded
in today’s recording environments.

Take our Control 5™ for example. You get
power handling capacity of 175 watts, outstanding
dynamic range, smooth frequency response
and excellent clarity
and imaging. This high
power, low distortion
system is housed in a
non-resonant poly-
propylene structural
foam enclosure.

Today vou can find
Control 1's in home
studios and midi work-
stations; Control 5’s
in major recording
and teleproduc-
tion facilities;

ciubs and discotheques to small tour sound systems.
Control Series meets such diverse applications because
they are, above all else, powertully honest.

Versatility, the Other Advantage.

Designed to accommodate a wide variety of spe-
cialized mounting brackets, Control Series monitors
can go virtually anywhere. On the console, on
the wall, on the ceiling, in a rack, on a tripod,
keyboard or mic stand. Control 10’s and 128R’s
even come with a built-in handle so they travel

like a seasoned professional.

Next time you're looking for a super compact high

Control 20'sin performance loudspeaker system, remember Control

| ) - Series then go see your JBL dealer. Look at the specs,

8 Control Series. Compact high then listen to the big difference.

background systems,  performance monitors designed

corporate boardrooms  to meet a broad range of fived

and teleconferencing  and mobile applications. T

facilities. And the =

two-way horn loaded

Control 12SR, a logical extension of the technology,

in sound reinforcement applications from supper (RQCSPIPERE T

JBL Professional
8500 Balboa Boulevard, Northridge, CA 91329 USA

H A Harman International Company





