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MORE ARTISTS GO GOLD
ON AMPEX THAN ON ALL OTHER TAPES

- PUT TOGETHER.
Every artist pictured here has earned the prestigious Ampex Golden Reel Award for creating a gold album

' o @‘
B oxclusively on Ampex audio tape. Find out what makes Ampex tape right for your sound. Just call or write

for a copy of our new 456 Technical Brochure, and see why Grand Master™456 15 engineered like no other tape in the world.

AMPEX

A MASTER OF ENGINEERING

Ampex Recording Media Corporation » 401 Bradway, M S. 22-02A1 + Redwood City, Californma 94603+ (415) 367-3809
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Once you've mastered this
sophisticated function,
tozens more are a piece of cake.




If youd like to produce professional quality music with-

out first obtaining an advanced degree in rocket science,

i § B i you've come to the right ad.

SR s s EseeEr Introducing Studio M, a remarkable little powerhouse

Studio M’s Compu-mixer records MIDI volume levels . A
and pan settings for internal and external parts.  that integrates a sequencer, sound module and Compu-mix-
er into a versatile music production system. But just because Studio M is engineered to be incredibly

simple to use doesn't mean it’s simple-minded.

After all, in addition to its seamless integrated design and helpful displays, Studio M is 8-part
multi-timbral and offers 30-voice polyphony. So you'll be
able to play a lot of sounds at once. And you'll have lots of
them to play with, since 220 sampled sounds are built in.

And whether we're talking about Studio M’ great piano, § LTSN AV Y [V R TEm

; Call up the Timbre Edit display, and you'll have full
drum and Syn[h sounds—or any of its other SOUHdS, for control over envelopes, LFOs and multi-mode filters.
that matter—they're always easy to access. And even easier to edit. You'll also have built-in effects to

add reverb, delay or chorus.
Then there’s Studio M’ 16-track sequencer, which will
allow you to choose the sequencing style—pattern, linear

T — s e e vl loop—and then conFrol up to '136 mtgmal and external

To sequence: Pick a track, choose a sound and go. parts. When you combine this with Studio M’s more than
generous 50,000-note memory, we're obviously talking about major composing power.

When you'e ready to mix, any adjustments you make using the 8-fader Compu-mixer are stored
to provide a powerful auto mix-down function—as you
monitor every fader movement on the LCD.

Need more features? To sync to tape players with ease,
Studio M offers Tape Sync 1. For preserving your creations,
the built-in disk drive stores up to 150,000 notes on a sin-
gle disk. And for adding the newest sounds as your composing needs call for them, Studio M offers
two ROM card slots for optional Roland sound cards.

All of
which makes
- our StudioM
_ ST LN A “ the ideal tool
Details, details, details: Studio M’s microscope helps ]

you make even the smallest changes to your music. for music pro-
duction at all levels. It serves as a stand-alone music
studio or as the core of a larger MIDI system. Providing,
of course, that you're up to speed on the function we've
highlighted to the left.

Hey, even Studio M can't do everything for you.

S

L 3y tiati. Qo Semenani sl Byl m—— |
Each song will load along with its proper sounds.

Roland

Roland Corporation US, 7200 Dominion Circle, Los Angeles, CA 90040-3696 213 685-5141
CIRCLE 36 ON FREE INFO CARD
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SANGAMO UNVEILED

I am writing in reply to a letter in the
April 1991 issue of EQ from some
unfortunate who purchased a used
Sangamo multitrack recorder. What
this machine is (was?) is an FM instru-
mentation recorder designed to
record data from DC to about 10 kHz
as most often encountered in scientif-
ic research applications. Sangamo
Electric is a Japanese company that
did maintain American offices, since
one of their salesmen once called on
me in a former employment situation.
As far as the usefulness of this
machine for audio, 1 wouldn't bet on
it. Although the mechanical stability
of the transport is excellent, the head
assembly is optimized for FM record-
ing and will not like sync reproduce as
far as 1 know. (FM electronics use ire-
quency modulation, instead of the
amplitude modulation employed by
audio recorders, 10 extend the low fre-
quency response to DC). The best
hope for converting the machine
would entail custom installation of
audio head stacks (not a cheap propo-
sition) and sixteen audio record/
reproduce electronics modules. One
might be tempted to try recording
audio on the FM electronics, but
although the low end frequency
response is great, the high frequency
cut-off at 15 ips is 10 kHz (intermedi-
ate band) and the signal-10-noise ratio
is about 45 dB! These beasts are just

not designed for audio.
Jay Kadis, Audio Engineer
CCRMA/Music, Stanford University,
Palo Alto, CA

SHARPER IMAGE

Three cheers to ].D. Sharp for “The

$5,000 Dream Rack” (April ‘91). Prac-

tical and informative, this is the type

of “consumer’s guide” article that EQ
needs more of.

Joel F. Nolte

Arkadelphia, AR

TEAC MOD

| got so many calls from readers of
Richie Moore’s “Decks of Glory” (April
‘91, page 77) about my TEAC 80-8
mod that I couldn’t possibly answer
them all. So here’s the mod for all to
read:

1) Remove R108, bend the lead of
the pot that goes to R45 straight

towards the front, taking care not to
break the pot. Use two pairs of long-
nose pliers — one for holding, one for
bending.

2) Remove R109, and bend the
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After Modification

lead that goes to ground in the same
manner.

3) Attach one end of a 4.7 micro-
Farad capacitor to the bent lead of
R108; this capacitor becomes C108.

4) Attach a 2-inch insulated wire
to the bent lead of R109.

5) Re-insert the pots onto the PC
board, being sure not to short the
bent leads to any old location.

6) Attach the other end of capaci-
tor C108 from R108’s lead to the hole
from R109.

7) Attach the wire from R109’s
lead to the hole from R108.

8) Attach a 3K3 resistor (R1081)
from the R46 R108 junction, to R45 IC
2 junction.

Note: When adjusting the 80-8,
use R109 to affect the 16 1o 20 kHz EQ
range and R108 for 10 kHz. For opti-
mum noise and headroom, R108

WRITE TO US

EQ wants to dialogue with you.
Write to: Letters to the Editor, EQ,
939 Port Washington Blvd., Port
Washington, NY 11050. Letters
must be signed, and may be edited
for clarity and space.
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should be changed to approximately
15 k-ohm.

Greg Hanks

Chappaqua, NY

TIME, TECH & TINKERING

On page 18, “What About VITC?” in
the April EQ, Fred Ridder says “...In
still-frame...the same VITC frame
number will be repeated indefinitely.
This could never happen with LTC,
and an LTC-type synchronizer won't
know what’s going on.” | am using
Mark of the Unicorn’s Video Time
Piece and their sequencer Performer
3.5 in direct time lock along with a
Tascam Midiizer. When my VHS is in
still-frame the sequence stays put at
the same number frame as does the
Midiizer which is reading LTC from
the Video Time Piece. In this setup it
has been my experience that it works
just fine.

By the way, | prefer not to read
build-it-yourself hardware articles in
EQ. I felt like | was reading a hobbyist
magazine. Judging from the types of
ads and price of equipment tossed
around in EQ, I gather most readers
wouldn’t be interested in building
anything and usually purchase what
they need. Using the same space to
perhaps interview more industry pros
or more articles like Roger Nichols |
feel would be more useful.

David A. Roth
Westerville, Ol

PRACTICAL REALITY

I truly think EQ's a great magazine.
Just last week | passed out 70 sample
copies to our Early Spring class and
strongly recommended their subscrib-
ing. I think more than any other audio
trade magazine, EQ addresses the
reality of audio recording in the ‘90s.
Practical information — free of the
“you’'re nothing if you don’t have a
Neve” attitude that is found in other
magazines. | honestly feel a strong
philosophical bond between our
school and your publication.

Jim Rosebrook, Director

The Recording Workshop

SAMPLE THIS

As a musician/engineer/studio owner
and longtime Steely Dan fan, | was
looking forward to reading Roger
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Nichols’ report on the progress of
Donald Fagen's new solo album.
However, as | read Nichols' account of
their numerous syncing problems, my
mood changed from mild bemuse-
ment to numb disbelief. My first
thought was: These guys have too
much spare time!

As | pondered Donald Fagen's
quest for rhythmic perfection, it slow-
ly dawned on me why it's been eight
years since his last record. With these
work methods, his current album
could easily take another eight years
to finish. Please don’t think for half a
millisecond that I'm knocking Fagen’s
artistic vision, but there are aspects of
his recording methods that I find dis-
turbing.

First, why couldn’t the drum
machine parts simply be recorded to
tape? Nichols says it's because they
didn't want the “pussilanimous
sounding samples to deteriorate any
further by going through the delays.”
Did I miss something or aren’t these
just scratch tracks for the live drum-
mer to follow? Who cares what they
sound like if they aren’t going to be
used in the final product? Or is the
mere thought of recording something
less than perfect just unbearable to
Nichols?

And what a cruel ordeal the ses-
sion must have been for Chris Parker,
the “live drummer.” i'm sure he was
well paid for his “zillion passes,” but
couldn’t they have saved a lot of time
and effort by just hiring his roadie to
set up his drums and strike one of
each for their sampling pleasure? Hey,
what a concept! Record the drum
sounds digitally and then trigger them
from a sequencer. The only problem is
I think it's been done and I think it's
called a drum machine.

I'm just a struggling small studio
owner without access to all the high
tech toys that Nichols and Fagen
employ, but I have a feeling that with
my SMPTE synced Mac, my R8M, and
a couple of samplers, [ could have
done the same thing they did in a
fraction (or should I say decimal) of
the time. All the MIDI drum and per-
cussion parts could be shifted track by
track and still lock up to my multi-
track. Of course I couldn’t guarantee
that the hi hat wouldn't be off by a
nanosecond here or there, but |
promise [ wouldn't tell anyone except
my cat Maxwell.

One last thought: Wouldn't it be
great if Donald Fagen put out one
album a year? Just imagine, there
would be eight Donald Fagen CDs in
existence instead of one. I guess when
you're a perfectionist, recording takes
time. I'm just glad the Beatles weren't
perfectionists like Donald Fagen or we
wouldn’t have some of the most mem-
orable songs ever written.

Devin Thomas, SouthWest Sound
Sierra Madre, CA

TECHNOCRAT?

I loved Roger Nichols’' new comedy
column, “Across the Board,” in the
April EQ. At least | hope it was intend-
ed as humorous, because | surely
laughed all the way through it. I find it
implausible that people with the tal-
ent and experience of Roger Nichols
and Donald Fagen waste their time
splitting nanoseconds over sync
tones. With the awesome musicians
they could assemble, Donald could
just count off the songs and get great
performances with plenty of “feel”
and other desirable human qualities.
| guess it's just disappointing to
have one of my favorite artists falling
victim to the same scourge that
plagues all the dance/techno/hair-
cut/makeup/attitude/no-talent music
that we seem to be complaining so
much about — namely, an over
reliance on technology. Sometimes it
seems that if it didn't exist, we
couldn’t make music any more.
C'mon guys, let’s get “real™
Randy Porter, Milan, OH

Editors’ reply: These are two samples (no
purn intended) of the mail we got in
response to Roger's latest column. Turn
10 page 90 for “The Flip Side.” But wait.
Isn't a producer or engineer's job to do
what the artist wanis? If he wants accu-
racy, you make it accurate.

REAL REVIEWS

I really enjoy the different approach
that EQ takes regarding product
reviews, (as well as| your informative
technical articles. I am rather tired of
product reviews...that read like an
endorsement rather than a critique.

I enjoy “Room With a View” very
much, as it helps me to keep abreast
of modern project studios. Also, as |
am in the process of building a new
room, I found Tom Hidley’s article



(Feb. ‘91) informative. The technical

articles by Richie Moore are also

straightforward and useful. Keep up
the good work.

David L. Shew, Manager

Davenhill Studio, Snellville, GA

MORE WORAM

When | began reading John Woram’s
column in the April issue, [ hadn’t
noticed that it was to be a regular fea-
ture. Up to the final paragraph, I had
resolved to write, requesting that he
be a regular contributor. His lively,
readable writing style and realistic
perspective have me looking forward
very much to his future columns.
Mike Jennings
San Jose, CA

SOUND SURGERY SPECS

Your latest issue was filled with inter-
esting articles that apply to my work.
The article by Bernard and Birnbaum,
“Sound Micro Surgery,” was good —
but I'd like a follow-up discussing

_ Nk L
s ?5, h-w

which IC’s are interchangeable, with
and without external compensation,
and basic differences (both audible
and purely electrical) between various
IC’s that could be utilized. More
details on how to safely revamp a cir-
cuit’s capacitors would be helpful as
well. You might look into a new prod-
uct called a “Feedback Eliminator”
made by Sabine Musical of Gainsville,
Florida, and perhaps bench or field
test it. If it works well, I'd say it's a
very useful product. Thanks again,
and keep up the great work!
Tom Young
Watertown, CT

CORRECTIONS

In the April issue of EQ, we neglected to
credit the photograph of the Yamaha YPE
201 Optical Encoder/Gotham Audio Spot
90 System on page 22. On page 64, the
SSM-2134 should have been identified as
a high-performance replacement for the
NE5534 single op amp instead of the
NES5532 dual op amp. Two SSM-2134s
can be used in place of a single NE5532.
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Q How much clipping is OK?
When | set the limiters in my
sound system, should | set them so
that the clipping lights on the
power amplifier never flash, or
can they flash once in a while?
What are the guidelines? Are the
guidelines different for bass amps
as opposed to mid and high
amplifiers?

Barry Canada, Mesa, AZ

A Clipping is the point at which a
sine wave begins to resemble a square
wave, where the upper and/or lower
most excursions of the waveform
begin to be clipped off. This occurs
when an audio signal applied to the
input of an amplifier exceeds what the
input is capable of accepting. The
excess voltage drives the amp into
“input clipping,” resulting in distor-
tion and possibly in a damaged ampli-
fier input.

No amount of clipping is actually
deemed acceptable. The clip LEDs
located on the front panel of most
power amplifiers illuminate between 1
dB and 5 dB below the actual point of
clipping, hence giving the operator an
early warning signal. You should
check the manual or contact the man-
ufacturer regarding your specific
amplifier. The general rule of thumb is
to operate the amplifier so only the
extreme transient peak levels cause
the clip LEDs to illuminate, while still
maintaining good average operating
levels. | would recommend setting up
the limiter for approximately 2 dB
below the actual maximum level spec-
ifications of the amplifier. This would
certainly guarantee the amplifier
would never be driven into clipping,

12 JUNE EQ

while at the same time limiting your
dynamic range. Setting up individual
limiters for low- , mid- and high-fre-
quency amplifiers is no different than
using one limiter and amplifier to
drive a passive full-range cabinet.
From here this takes you into the
Fletcher-Munson theory on perceived
verses actual loudness, which we will
have to save for another time.
Scott Heineman,
dbx Pro Product Manager

Q Can | use a shotgun micro-
phone as a handheld vocal mic? It
seems that it would help to
improve the rejection of backline
instruments, but would its use pre-
sent any problems?

Travis Balcerak, Getzville, NY

A Shotgun or line + gradient type
microphones have a very narrow
acceptance angle for sound, especially
at mid to high frequencies. This high
directive (lobar) pickup pattern will
result in some increase in isolation of
sound arriving from the sides and
potentially the rear of the micro-
phone. Current technology allows
“shotgun” microphones to handle
high sound pressure levels and have
very well controlled on-axis frequency
response curves.

Two reasons not to use shotgun
microphones for handheld vocal
application are:

A) The polar pattern of a shotgun
(sometimes called lobar) has lobes in
the side pattern that vary with fre-
quency and position. Thus, off-axis
sounds aren’t just attenuated, they are
altered in terms of frequency
response. Thus, a trumpet picked up
off axis won’t have the true sound of
the actual instrument. This is off-axis
coloration. It is very important in
recording studio application, but may
not be as much a concern in today’s
contemporary live music.

B) Generally, on stage in live
application, the sound pressure level
going into the front of the micro-
phone is a combination of the vocal-
ist, monitors and instruments on
stage. Whatever is present at the entry
of the microphone, the microphone
will amplify.

By contrast, a well
designed unidirectional (car-
dioid, hypercardioid, or
supercardioid) will have a
very linear off-axis response,
and as you speak into the
microphone and rotate it
about the axis of the

diaphragm, the output will decrease
about the same at all frequencies. This
provides a natural vocal pickup as
well as a natural off-axis sound.

In summary: yes, you can use a
shotgun (probably a short shotgun)
for hand-held vocal, but also you will
probably not get an overall improve-
ment in vocal pickup or isolation over
a good hypercardioid or supercardioid
microphone.

Ken Reichel, Vice-President Marketing,
Audio-Technica U.S., Inc.

Q Is there any way to use an
automatic microphone mixer for
stage monitor use? Would it be
usable for mains? How would the
automatic mic mixer be added to
the regular board? Could it go into
the inserts somehow?

Chris Bell, Toronto, Canada

A Most automatic mixers are noth-
ing more than sophisticated, multi-
channel gates. They are sophisticated
in that they provide many features
that are interactive between the vari-
ous channels and the main output.
These features, among others, include
channel priority settings and output
gain reduction dependent upon the
number of active channels. However,
the individual gate functions are fairly
simplistic and don’t always provide
much in the way of adjustable param-
eters.

Now, it is not uncommon to find
gates used in sound reinforcement
applications. In fact, some of the most
elaborate reinforcement consoles
have them built right in. These gates,
however, are designed specifically
with the necessary features, controls
and performance capabilities for this
application. On the other hand, the
gate functions of an automatic mixer
may not live up to the demands of
certain sound reinforcement applica-
tions.

Automatic mixers are designed
primarily for the spoken word, and
may not perform as would be desired
for music. If, however, the device has
a quick attack time and possibly an
adjustable release time, it may indeed
do the job. The next problem you may

continued on page 60

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

Port Washington, NY 11050



You've Heard The Alause ForThe PRM 308S...

=i The PRM™ 308$ is being applauded by top professionals — like Don
S— Was, Kenny Loggins, Joe Hardy, and Walter Afanasieff — for their
uniform frequency response, minimum coloration of signal, a
selectable switch for reference and EQ playback, and most of all just
for "THE SOUND!"

PRM 308S Features

W Mirror-image (left & right) pairs

B Switch-seleclable response modes (equalized and reference)
B Acoustic foam blanket reduces bafle reflections

M Impedance 4 ohms

Plus, there's more where that came from . .. Peavey. Namely the
PRM 205A, 2085, 310S, and 312A phased reference monitors, all with
many of the same great characteristics as the 3085 to meet your
particutar needs and budget.

... Hear Here!

PRM" 205A PRM" 208S

l
. m

B High-accuracy two-way system B Small size fits atop most consoles B High-accuracy two-way system B Impedance 8 ohms
@ Impedance 4 ohms @ Switch-selectable response modes | Acoustic foam blanket reduces
(equalized & reference) batfle reflections

PRM™ 310A PRM" 312A

B Mirror-image (left & right) pairs B Acoustic foam blanket reduces B Mirror-image (left & right) pairs B Impedance 8 ohms
B High-accuracy three-way system baffle refiections B High-accuracy three-way system B Acoustic foam blanket reduces
W Switch-selectable response modes B Impedance 8 ohms B Independent variable control of batfle reflections

mid and high frequency levels

FENEY. s

(equalized & reference)

AUDIO MEDIA RESEARCH
Peavey Electronics Corparation o711 A itreet o Meridian, MS 39302-2898 +“Fe'ephone: (601) 483-5372 » Telex: 504115 « Fox: (601) 484-4278 + 1991



PRODUCT

STORE GALORE
Never seem to have
enough storage space?
Never say never because
Eltekon Technologies has
introduced the MX-2D Digital
Audio Series Removable Media Mag-
neto Optical Disk Drive. The dual sided 600
megabyte removable cartridges hold up to 28
minutes of stereo audio at 48 kHz and 31 at 44.1 kHz
per side. The MX-2D is equipped with a state-of-the-art opti-
cal Read/Write head mechanism that makes it immune from catas-
trophic “head crashes.” It incorporates several proprietary hardware and
software innovations designed to increase its speed and data transfer rate. In
tests using “Disk Timer,” average access time was 26 ms. The MX-2D can be used
with hard disk based recording systems, like SoundTools by DigiDesign, and is
priced at $5495. Contact Eltekon Technologies, 37493 Schoolcraft Road, Livonia,
MI 48150; (313) 462-3155. Circle EQ Free Literature Number 170.

SAMSON HAIR RAISER

Getting too much wireless interference? Samson’s UR-4 receiver oper-
ates on a higher plane, in the “blue sky” UHF frequency bandwidth of
944-952 MHz. With the low amount of traffic in this frequency, you will be
able to perform and record with a minimal amount of interference and
noise. When it’s coupled with the UR-4’s diversity circuitry and dbx noise
reduction, you get an overall improved wireless mic performance. Also
included in this model are di-electric filters, gas-fet and SMD cellular
technologies. Contact Samson, 262 Duffy Avenue, Hicksville, NY 11801;
(516) 932-3810. Circle EQ Free Literature Number 171.
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NINJA TURTLE

urtle Beach’s new release, Sound-

Stage v1.2, is a two-track editing
software system for their 56K Digital
Recording System. This updated ver-
sion includes new features such as
sample rate conversion, time com-
pression/expansion, a scrubbing
window, separate mono Left/Right
control, Pitch shifting, SMPTE
Chase-Lock, Invert, Reverse, 3-D
Realtime Frequency Analysis, and
Record undersampling support. The
version 1.2 will be free to all regis-
tered users of the 56K System, which

" includes the 56K-PC Digital Signal

Processor Card, the 56K-D Digital
Interface Box, and the SoundStage
Two Track Editing Software. Contact
Turtle Beach Systems, PO Box 5074,
York, PA 17405; (717) 843-6916. Cir-
cle EQ Free Literature Number 172.




FROM MIX TO MAX

he CAD Maxcon Mixing System has introduced an
= ity S s expandable system with frame sizes that can sup-
¥ b - port rackmounts from 16 to 144 inputs. The In-Line for-

mat, eight bus system offers two input types; the Quad
mic and Octaline modules and two different master output
group modules. Patchbays and CAD MegaMix Automation are
also available for this system, which because of its unique Servo
topography, offers near perfect transparency. The CAD Maxcon provides
signal handling that is flat from 3 Hz to 200 KHz. Contact CTI Audio, Inc., PO Box
120, Conneaut, Ohio 44030; (216) 593-1111. Circle EQ Free Literature Number 173.

SYNTH-PLICITY

he Roland JD-800 Programmable Synthesizer

lets your creative juices flow, combining the
sound quality of a digital synthesizer with the cre-
ative ease of an analog synthesizer. The JD-800 is
host to an impressive array of features including a
new sound source that contains 108 preset wave-
forms sampled at 44.1 kHz.
The large number of sliders
and buttons on the front
panel allow you to easily edit
and access a variety of options,
including a Palette function
which lets you modify a single
parameter for up to four tones at a time. The 61-key, weighted keyboard makes
it ideal for both performing and recording. Suggested retail price for the multi-
purpose synthesizer is $2895. Contact RolandCorp US, 7200 Dominion Circle,
Los Angeles, CA 90040; (213) 685-5141.Circle EQ Free Literature Number 174.

CLASS MONITOR

RK Monitoring Systems has been supplying both close-field monitors as well
as main-monitoring systems for many of the heaviest hitters in recording for
many years. Their new line of monitors (KRK-703/1002/1303) incorporate the
newest aerospace materials with the most advanced technology, design and con-
struction that are available in speakers today. The KRK-703 is a compact two-way
system for console-top close-field monitoring; the KRK-1002 is a medium-sized

A-T GETS CONDENSED two-way system with extremely smooth frequency response, wide bandwidth and
or all you movers and shakers, efficiency; the KRK-1303 is a high-performance 13-inch 3-way
Audio-Technica is introducing the system capable of generating SPLs above 108 dB and fre-

PRO 37R Remote Power Condenser quencies from 38 Hz to 19 KHz. Contact KRK Monitoring

Microphone. Suited for digital sam- Systems, 16462 Gothard St., Unit D, Huntington Beach,

pling, studio recording, and line record- CA 92647; (714) 841-1600. Circle EQ Free Literature

ing, the PRO 37R features a very flat fre- Number 176.

quency response as well as high
sensitivity. The PRO 37R also provides a
distortion-free signal in sound fields as
loud as 141 dB. The microphone can be
powered with any phantom supply
of 9 to 52V DC, and it offers a 30
to 15,000 Hz response. The mic
comes complete with a foam
windscreen and a protective car-
rying case. Contact Audio-Tech-
nica, Inc., 1221 Commerce Dr.,
Stow, OH 44224; (216) 686-2600.
Burbank, CA 91501; (818) 841-
1078. Circle EQ Free Literature
number 175.
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PRO PHONES

ake care of your ears with Sony’s new

headphones. At the top of the line is
the MDR-7506, ruggedly designed with
folding construction for storage ease.
Gold connectors and an OFC cord make
for a strong connection, while a stereo
unimatch plug lets the unit interface
with both 1/4- and 1/8-inch connectors.
The MDR-7506 has a closed ear design
for comfort and comes with a soft case
for portable protective storage. It fea-
tures a 40mm driver unit and a frequen-
cy response of 10 Hz to 20 kHz. The
other two models, the MDR-7504 and
MDR-7502, have 30mm drivers and offer
frequency responses of 50 Hz to 18 kHz
and 60 Hz to 16 kHz respectively. They
list price for: $109 (MDR-7506), $89
(MDR-7504), and $49 (MDR-7502). Con-
tact Sony Business and Professional
Group, 3 Paragon Drive, Montvale, NJ
07645; (800) 635-SONY. Circle EQ Free
Literature Number 177.

AFFORDABLE AKG

he famous AKG condensor sound can be

yours with the C1000S microphone. It fea-
tures high sensitivity, high output, and a stage-rugged construction. It
can be used without compromise with consoles that don't have phan-
tom power because the special, built-in battery clip accepts a standard
9V alkaline battery for full headroom and over 200 hours of operation.
The C10008S is switchable between two polar patterns, cardioid and
hypercardioid, for different applications. It comes with W1000 Foam
Windscreen, SA 43 Stand adapter, and PPC 1000 Polar pattern convert-
er. Suggested retail: $325. Contact AKG, 1525 Alvarado Street, San Lean-
dro, CA 94577; (415) 351-3500. Circle EQ Free Literature Number 179.




Multipattern Side Address
Condenser Microphone

A dual capsule condenser microphone featuring a fr C
response of 10-18,000Hz, cardioid. Figure 8 and om
patterns, and exclusive [.LN.R.™ (Impact Noise Rejection) )
internal shock mount system. 5,
From Conneaut Audio Devices, a revolution in pcrforma 1

at an absolutely incomparable price.

A

Conneaut Audio Devices :
CTI Audio  P.O. Box 120 Harbor & Jackson St

CIRCLE 09 ON anf! INFO CARD




WHO

NEEDS ANOTHER

DUMB PROCESSOR?

INTELLIFEX
"-.

At Rocktron, we think the current trend to stuff as
many effects into a box as possible at the expense of
tone and sound quality is, well, sort of dumb.

That's why we’ve designed our new Intellifex™
effects processor with a decidedly “old” idea in mind:
that the purity of the original signal is as important as
the purity of the effects that process it.

Intellifex is a true 24 bit intelligent DSP effects
processor with a 64 times oversampled “high purity”
Sigma-Delta A/D converter. And while most processors
squeeze the entire signal through a single converter,
Intellifex uses three true 16 bit data converters for
maximum linearity and a 24 bit data path throughout
the processor and memory circuits to maximize the
dynamic range.

Due to this advanced signal path technology, the
stunningly beautiful sounds of our unique eight tap
chorusing, stereo delays, reverbs and pitch shifting are
virtually noise free. And thanks to our new software
programmed digital HUSH™ circuitry, this absolute sonic
integrity will not be compromised by typically noisy
input signals.

So if you're looking for an effects processor that will
satisfy your need for higher intelligence, audition
Intellifex at your local Rocktron dedler.

Who said brains can’t be beautiful?

Rocktron Corporation 2870 Technology Drive, Rochester Hills, Mi 48309 (313) 853-3055
ORCLE 24 ON FREE INFO CARD
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GET 'EM MOVING

BY JELLYBEAN BENITEZ

ow do you make music that gets people

moving on the dance floor? You give it a

groove. People only dance to the rhythm —

to the strength and the pounding of the

bass and drums. But they also need some-

thing new, something electric. That’s why
dance clubs are the forum where new music gets born, where
old musical rules are broken and new ideas are made.

That's probably why more and more dee jays are proving
their capabilities as leading producers, remixers and engi- * .
neers. They are the talents that are leading the leading edge.
The techniques are basically the same. You have to rearrange
the music so that it moves people the most. -

When you’re remixing a pop tune for dance, you have to § ’
rearrange the rhythm of the song so that it will be able to compete
on the club level, while keeping the original integrity of the piece
intact. It's a matter of careful overdubbing. You might put in new
drums and some driving synthesizers, but you still keep the
melody and the vocal performance as is.

You can’t be afraid to experiment with technology. I don't
have any formula; I trust my instincts and my ears. [ don’t even
really care if the end result is musically correct. Don’t get me
wrong — it has to sound good, and 99.9 percent of the songs |
remix are correct. But I'm not doing it for science. I'm doing it to
make people dance and build up a sweat.

Being tied into the club scene is an absolute necessity for the
dee jay turned producer. I'll often hop out of the studio and go down
to a club, pop in a tape and watch the reaction. I'll know right away
whether I've hit it perfectly or if it needs work. Listening to the piece
over a hot sound system is also a good way to determine the struc-
tural aspects of the cut — the levels, the mix, the sound effects. |
always listen to a piece over a club system and a Walkman as well as
the studio monitors before | finalize it.

Making the transition from dee jay to remixer — and from remix-
er to producer, for that matter — takes talent (you've got to be good,
of course), a desire to make music on a more technical level, and it
takes exposure. You've got to be spinning at clubs where people
hang out. I was dee jay’ing at the Funhouse in New York, when Rus-
sell Simmons, who owns Def Jam, came in with a record and asked
me if | wanted to mix it. | fell in love with remixing, and it all took
off from there.

You really have to want to make it happen. It certainly helps
to have a strong background as a dee jay — since it puts your
musical ideas directly to the test. With work, talent, and a little
bit of luck, you can get a whole floor moving. E@
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® Electro-Voice has unveiled a single-
channel compressor/limiter, the COL-1,
intended for sound reinforcement where
transient protection and level control
are required. The COL-1 utilizes o feed-
forward design for stability at ll com-
pression ranges, and it employs an RMS
detector for logarithmic gain changes.
EQ Free Literature #180.

e Shure hos introduced the Model
FP410, a portable automatic micro-
phone mixer, as part of their Field Pro-
duction (FPP product line). The product
incorporates the patented Shure Intel-
liMix technology. EQ Free Literature
#181.

® The Sapphyre, Soundcraft’s
newest recording console, includes |/0
modules that incorporate individual
noise gates with o four-band EQ design.
A Dual Line input option enables
increased input capability for effects
returns or virtual tracks. EQ Free Litera-
ture #182.

® TAC's newest sound reinforcement
console, the SR6000, features a V(A
output group and split auxiliary sends.
It also includes parametric EQ, input
metering, stereo effects returns, eight
VC(A/Mute groups and a 10 x 8 output
matrix.EQ Free Literature #183.

o Echo Audio’s EASE IIl medium-
sized, tri-omped speaker enclosures
offer 13 ply/per inch birch ply shell
construction, a 16 gauge steel grill, and
recessed hardware. Utilizing JBL compo-
nents, these enclosures are available in

several flight hardware configurations.
EQ Free Literature #184.
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ance music buffs are familiar with the work of Richard Wolf and Bret “Epic”

Mazur, who — with their special blend of rhythm and blues, pop, and rock —

have created a singular style that helped create Bel Biv Devoe’s premiere
album, and Poison achieve triple platinum success.

The duo is currently turning their ears toward a mix for Prince’s upcoming
album. And they promise “to bring a certain funkiness to what he’s doing.” To
achieve this funkiness, they don’t plan on using any special equipment. “We're
probably going to cut it all live,” they say. “The special pieces of outboard equipment
are actuaily our brains.”

Most of their tracks are cut at their home studio in Sherman Oaks, California, but
they usually finalize their mix elsewhere.

They are primo proponents of E-Mu’s E-Max line and they often utilize the E-
Mu Emulator 1 and 2 because of their preference for their filtering capabilities. “All
samplers have their own sound, and E-Max let’s achieve a sound that’s not so elec-

tronic.”
In addition to E-Max I and II Turbo, their

rack includes the E-Mu SB1200 Drum
Machine, as well as the Roland D50. They also
use the Yamaha GX7 and FB01, the Korg M-1,
and the OBXA. Despite the abundance of
samplers and sequencers, the team says they
only use sampling for added flavor rather
than as the basis for a song.

Their styles are reflective of their back-
grounds. Wolf studied piano at the Julliard
School of Music and electronic music at the
Manhattan School of Music. In addition to his
work as a producer and songwriter, he is also
a well-versed keyboard player. “All the
musical experience that I've had
being a part of jazz, funk and rock
bands, I'm now finally able to use as a
producer,” said Wolf.

Epic’'s experiences as a drummer and
club dee jay have also contributed to his
production skills. He claims that being a
club dee jay helped him recognize “the hits
that the public could really get into,” he said.
“And being a drummer gives me the ability to
know instinctively what rhythms work.”

Other future plans for the production team
include an upcoming album by M.C. Lyte as well
as new mixes for both Sheena Easton and Nia
Peeples. Epic is currently in the process of assem-
bling a funk-rock group, but Wolf has no desire to
step out from behind the scenes. “I used to be an
artist on Capitol Records”, Wolf says, “but I personal-
ly have no interest in doing it again. I enjoy what I'm
doing now.”

“Bel Biv Devoe, as a group, changed music because
they fused hip hop, R&B, and pop in a unique way,” said
Epic. “We were part of that creation call e e afhon:
and we’ll continue to expand on that.
Hopefully, we will always be pushing
the envelope of authentic, hard-hitting
pop music.” — Anthony Savona

ple if you will, but Wolf
and Epic have a produc-
fion formula that works.
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: FRANKIE KNUCKLES

E Alexander O'Neal's “All
True Man"; Lalah Hath-

kil away’s “Heaven Knows”;

= Alison Limerick’s “Where

° Love Lies”; Victoria Wilson-
James' “Through”

e

m DAVID MORALES Lon-

° donbeat’s “I’'ve Been
Thinking About You”; The

o Adventures of Steve V's

©w “Dirty Cash”; Safire’s

L) “Made Up My Mind”

A

STEVE ANDERSON Cybil’s
“Love So Special”;
Nomad's “I Wanna Give You Devotion”

ROGER SANCHEZ Underground Solu-

tion's “Luv Dancin’”; Tribal House’s
“Mainline”

STEVE “SILK” HURLEY Black Box's “I

Don’t Know”; Kym Mazelle’s “Don’t
Scandalize My Name,” “Got To Get You
Back,” and “Never In A Million Years”;
Unity 2's “Buckwheat’s Revenge”

DAVID COLE & ROBERT CLIVILLES All

work on C&C (Cole & Clivilles)
Music Factory; Seduction’s “It Takes
Two"; New Kids On the Block “Games,”
“Never Gonna Fall In Love,” “Step By
Step,” and “Valentine’s Girl”

JUNIOR VASQUEZ Tevin Campbell's
“Round & Round”; Janet Jackson's
“State of the World"

DANNY TENAGLIA Double Dee fea-

turing Danny “Found Love”;
Escape Club’s “Call It Poison”;
Patrick O'Hearn's “Black Delilah”

I TONY HUMPHRIES Dee-

Lite's “Power of Love”;
Cybil’s “Love So Special”; Living
Color’s “Elvis Is Dead”; D-Mob’s “That's
The Way Of The World”

omebody had to do it — sooner or later. Some-  Shep Pettibone — platinum

body had to recognize the contributions of

remixers to the state of today’s music. So, the
editors of EQ have compiled our list of the Top 10
Remixers in the industry based on the quality of their work and the &%
popularity of the final product. The winners are listed in order,
followed by some of their more popular remix credits.

900000 0OCOOOEDDOINOSOOSOONOEONOEOBSNOOOSNOOEOSOEOSIOSOONONOITOOS
SHEP PETTIBONE Madonna's “Immaculate Collection” LP; Janet 4% % %

Jackson's “Pleasure Principle,” “Miss You Much,” and &
“Rhythm Nation”; Paul Lekakis’ “Tattoo [t On Me" .

remixer fo the first lodies of
pop — and number one on 4
the EQ fop fen.
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Complete Package
Prices for Demos

All prices
include design,

500 cassettes

Studio Series 500 typesetting
cassettes
for 5800 B&W b-?m Series | ond Col;;r ’
ncludes color inserts separations!
nsbdl, anc:egollby HX'Pcrl:f / i S 00 pa
(ocuces Back & White /o Full color printing

Dolby HX Prof * Major label quality

500 CDIS & READY [N 7 DAYS! ° Deal direcﬂy
500 cassettes | with the lorgest
e ooe | 0D e

(’:dmszw{o?pgio, oyl in the industry
Chz:‘s::’e’ll;;:: Eoni? H'y v $2’490 Add $25 1o order for shipping

{includes color inserts,

X, 0

cassettes via 2 day air service.
Add $50 to order for shipping
CD's via 2 day air service.

pack for CD's)

Call Today For
Our Free, Full Color

Catalog:1-800-468-9353
In PA call: 215-232-4140

1328 N. 4th Street, Philadelphia, PA 19122

1-800-468-9353 Fax: 215-236-7763
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When You're Buying A Microphone,
Who Should You Listen To?

Easy. Just listen to your favorite performers. Chances are, they’re using

T Shure SM57’s and SM58’s. Pra

In fact, the SM57 and SM58 are used by more professional musicians than
any other, from Toledo to Tokyo. With their legendary sound and proven reli-
ability, it’s no wonder.

So listen up. You'll find you're in good company with the Shure SM57 and
SM58. Call 1-800-25-SHURE. The Sound Of The Professionals®.. Worldwide.

SHURE
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Flying Machine

Taavi Mote’s mountainous
rack cooks sounds the way

. ‘
you like ‘em.
BY JON RUZAN
AAVI MOTE — veteran of high-
flight projects like the Holly-
wood remix of U2’s Desire and

engineer on projects for big names
like Madonna — has amassed an out-

board box collection more like a
mountain than a rack.

Filling one long, Jan-Al case and
about 12 four-space and two-space
cases, Mote’s rack is the product of
seven years’ assembly. Built for remix-
ing power, it boasts an arsenal of sam-
plers including the T.C. Electronics
2290, Eventide’s 11-3000 SE/B/Vai with
sampler card, and the Yamaha SPX900
and SPX1000. For unique special
effects, Taavi uses Roland’s DEP5 as
well as a number of other Roland
pieces including the SRV2000, the
SDE3000S delay, and four Yamaha
SPX90s that have been updated to 1I's
for short percussion sounds.

To get true stereo from mono

Photo by Ed Colver

sources, he owns the Sound Technol-
ogy Stereo Simulator, and the Dyna-
cord CLS222 Leslie simulator because,
as he says, “it is the closest thing to a
real Leslie you can find.” His choice of
reverbs: the Eventide H3000 UltraHar-
monizer configuration and Yamaha'’s
Rev5, Rev7, SPX900, and SPX1000. The
Alesis MidiVerb 2 is added to this
array. “I like to use it for mixdowns; it
has a sound that is just right for get-
ting certain effects.”

Though his rack contains a slew
of effects, such as the T.C. Electronics
12D chorus/flanger/doubler, Mote
uses them discerningly. “l use effects
in the same way that an artist would
use a brush stroke,” he says.

Considering the enormity of his
rack, compressors, limiters and EQs
seem scarce. “Most of the studios
(Larrabee Sound, Skip Saylor, and
Elumba Studios) I work in have
a lot of the models I like to
use,” he explains. “And, to add
a lot of clarity to a piece with-
out overusing EQ, I use BBE’s
202R, 802, 822’s.”

Other notables: the dbx
120X-DS subharmonic synthe-
sizer and the Dytronix FS-1. “I
use the dbx for dance remixes
because it helps me add more
bottom, and the FS-1 lets me
have a track pan to the tempo
via trigger input and make
sounds move from the back-
ground to the foreground.”

His collection of vintage
tube mics features an AKG C24
(which he used for Madonna’s
vocals), the Telefunken 251,
and the Neuman U47, U67,
KM254, and SM69FET. Added
to his mic ensemble is a tube
mic preamp by James Deme-
ter, which he also uses as an
instrument preamp.

If variety adds spice, Mote
. knows how to cook. “My rack is
N an assortment of high- and low-
end equipment, because the
- sounds that I envision aren’t
always available from the latest
and greatest gear,” he says.
“The object of putting together
a rack is not to be able to brag
about having the coolest gear.
It's a matter of having equip-
ment that will help me work out
my ideas.” E®

EQ JUNE 23
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Axel’s
Baby

STUDIO: European American Record
ing, New York, NY.
OWNER/OPERATOR: Axel Kroell.
PRODUCER CREDITS: Wet, Wet, Wet;
Blow Monkeys; Grayson Hugh; Jimmy
Helms; Arthur Baker; programming
and writing for Quincy Jones.
CONSOLE: Tascam M-600 console.
RECORDER: Tascam ATR-80 24-track.
MONITORS ARD AMPS: Westlake BBSM
8 monitors, Bryston 4B amplifier.
KEYBOARDS AND SAMPLERS: Akai S-
1000 16-bit sampler (47-second sam-
pling), two Akai S-900 12-bit samplers,
two Roland D 550's, two Yamaha TX
802’s, Yamaha DX7 and DX7FD, Korg
M-1, Super Jupiter, Roland MKS 50,
Oberheim Matrix 6R, Moog synth.
SEQUENCERS AND DRUM MACHINES:
Linn-Akai MPC 60, Linn 9000, Atari ST
(w/Creator sequencer), SMPTE-Track
sequencer, Pro 24 Sequencer; E-Mu
SP12, Alesis HR-16, Siel MP-100.
SIGNAL PROCESSORS: Lexicon PCM-70,
TC Electronics TC 2290, TC Electronics
SCF stereo flanger/chorus, Yamaha
Revs, Ibanez SDR-1000 reverb, three
API 5502 EQ’s, API 3124M preamps,
dbx 166 compressors.

MICS: AKG 414, Shure SM 57 & SM 58.
TAPE: Ampex 456.

EQUIPMENT NOTES: “The main
workhorses are the Akai MPC 60 and
§-1000. The MPC 60 is the fastest gun
in town and the S-1000 is very power-
ful and easy to use. The E-MU SP12
has a special sound that you just can't
get with anything else. I love the Tas-
cam board. It's extremely clean and
straightforward, and I can have all the
synths operating at the same time as
the tape returns. The monitors
impress everybody. I've had more than
one person leave my studio and go buy
his own Westlakes.”

STUDIO TIPS: “You don’'t need a mil-
lion-dollar console to get great sounds.
We often record here, and spend a day
in a top-dollar room replacing the
drums. The rest of the overdubbing we
do in-house, using the outboard API
EQs. In the end, it works out as a com-
pletely discrete recording.” E®
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“You don't
need a
million-
dollar
console to
ger great

== sounds.”

Photo by Claude Rolo
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If you have trouble in candy stores

Here’s what you say to the little angel standing on your left shoulder: “No matter what I play or how I play it,




o

Reland Corporanon TS, 72200 Dommmion ¢ rdde. Los Angeles, ¢V OO00RY 3000 o8y 1l

perhaps you should turn the page.

Roland has the mixer I need” And here’s what you say to the little angel standing on your right: “Let’s rock, dude”
®
Roland
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When the error rates
increase to 300,

clean the heads.

One head, totally
clogged, yields error

rates of 4,999, while

both clogged will read

out the meter maxi-
mum of 9,999. Rates in

the low teens to twenties
are what our machines
show normally. These error
numbers, totaling 900 or so
per minute, are typical of
DAT's super-robust error cor-
rection schemes.

CODE CRACKING

Like any well-behaved DAT machine
in the United States, the 3700 sup-
ports the Serial Copy Management
System (SCMS). Being a professional
machine, SCMS can be controlled
when copying digitally through the
AES/EBU ports. There are dip switch-
es on the back of the machine for set-
ting the status of the SCMS code.
Switch 1 must be in the AES/EBU

position for you to control what
kind of protection coding goes
(or does not go) onto your
tape. When Switch 1 is in the
AES/EBU position, the
SCMS selection switches
also set the SCMS statu
A for a tape recorded from
an analog source.
Unlike the new
generation Profes-
sional DAT machines
on the way, the 3700 does
not support SMPTE or EBU time-
code. It does support the “absolute
time” subcode pack, which shows
continuous hours, minutes and
seconds. While this is handy

. . . ‘ > > v
when playing tapes with this ;‘,

subcode recorded on it, when
playing back clients’ tapes
without absolute time writ

ten on them, I found it dif-

ficult to locate or time

selections. However, the

3700 lets you put absolute time

and automatically insert index
numbers on a tape that has previously

been recorded without them without
affecting the audio.

Compared to the older 3500, the
second best part of the SV-3700 is the
input/output interface. The analog ins
and outs offer both +4 dBu and -10

Bu operating levels (-10 dBu is avail
able on the output only). The digital
in and out is either the normal RCA
pin-plug cable (SP-DIF to the hip, IEC
958/Type-2 to the even hipper) or the
professional AES/EBU XLR connec

tor interface. The new
AES/EBU ports are a
great help when
several DA
machines

are daisy
chained

together. No

longer does
stopping the first
machine take the
others out of pause

due to lack of a word
clock. The AES/EBU
offers a secure 5-volt
interface connection, in




addition to the half-volt RCA pin
plugs that are often not as reliable.

ON THE LEVEL

I'here is one poor design problem
with the analog stage. The unit has an
input level control, but unfortunately
there are no output level controls.
You're stuck using Panasonic’s 18 dB
headroom reference level. The Neve
Digital Transfer Console uses a 14 dB
reference, and most studios | know
use this or occasionally 16 dB. Pana
sonic’s peculiar standard can create a
very high analog output level (4 dB
louder than if one is calibrated to a 14
dB headroom). This makes A-B com

parisons impossible. A bad design
oversight, as so many people had
complained about this shortcoming
with the older 3500.
To initially set up
this machine by the
book: Connect the out-
put of your console to
the DAT (pin 2 hot)
and the DAT's output
to the console moni
tor. Put in a new tape
and put the machine
in RECORD-PAUSE. Send a 1 kHz tone
at 0 VU from the console. Raise the
single RECORD LEVEL control until
the meters just read “-18." This will

64 CHANNELS.
CABLE READY.

The best news is that it
sounds good, amazingly
good for the money.

mean a fair amount of fussing with
the BALANCE control, as one channel
always seems to get there first. Con-
nect the output of the DAT to the con-
sole manitor. The out-
put should read 0 VU
on the console moni-
tor meter.

Do a trial mix
while you observe the
digital meter very care-
fully. The idea is to
create a recording that
doesn’t ever go over on the meter,
causing distortion, yet isn’t so under-
recorded that it forfeits the dynamic

continued on page 71

Sometimes it seems like you can't get there from here. You've got a thousand great ideas,
and just about as many plugs in your hand. What you don't have is enough input channels.
Well, allow us to give you some input about a new way to solve your
dilemma. it's a Tascam M3500 in-line mixing console. Choose either the 24 or
32track mixer and by simply flipping a switch, you can double it to 48 or

64 mix positions.

And, with a suggested retail price of $7499 for 24 inputs or
$8499 for 32, it won' take up a lot of your budget, either.
If youre planning to build a 24-track development
studio, here’s another advantage: The M3500 is the
perfect match for the MSR-24, Tascam's one-
inch 24-track recorder. Together, they
make the most cost effective studio

available.

It just may be that you
don't need a huge console to
enlarge your capabilities. The M3500
offers you a new, more effective approach
to traditional mixing that is both compact and low
cost. And when you need more inputs, all you'll have to do
is switch channels. From 24 to 48. Or from 32 to 64.

TASCAM.

€1990 TEAC America, inc, 7733 Telegraph Road, Montebello, CA 30640, 213/726-0303
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Soundman’s Tool Kit

F THE SHOW must go on, then the sound system
must work. And take it from me — there’s nothing
worse than staring a simple repair job in the face half
an hour before curtain and having to hunt around for

the tools to get it done with.

The show is 100 or 1000 miles
from the shop. What do you want to
bet that the inevitable equipment
failures will extend well beyond the
capability of your pocket-sized, do-
anything (ool? There is always a place
for the Swiss Army knife type of
sound tools, but there are a few more
to consider while on the road. Here's
what you need:

SOLDERING PENCIL

This can be a 100-watt, temperature-
controlled soldering iron with a small
tip or the not-so-temperature-con-
trolled butane type if you think that
finding AC power may hinder your
emergency repair work.

RESIN CORE SOLDER

If possible, carry at least two sizes of
solder — a small diameter one for
microphone connectors and printed
circuit boards, as well as a larger one
for speaker connectors. Of course,
this has to be the resin core solder for
electronic work and not the acid core
solder used in plumbing.

SOLDER WICK OR DE-SOLDERING TOOLS
Many of the repairs done in the field
involve reconnecting terminals — and
this usually means cleaning out old
solder first. These two types of tools
have their advantages; Solder Wick
desoldering braid is good for smaller
amounts of solder (like that found on
circuit boards) and Soldapullt snap
vacuum solder is made to remove
larger solder globs, like those found
on connector terminals.

MULTI-METER

This is a tool that can perform hun-
dreds of useful tests in the field. Learn
the operation of your multi-meter
thoroughly and you will be able to
trace common wiring and component
faults with relative ease. It is also
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handy to assure yourself that the
power hook-up is the voltage you
were expecting on the terminals
you're connecting to. When it comes
to powering your sound system, trust
no one until you have confirmed the
polarity, ground and voltage that
reaches your power connection.
Checking the disconnect is essential
before applying power to the system.

CLIP LEADS

A few different types of probes for
your multi-meter will make awk-
ward tracing easier, and spring
clips can free up at least one hand
from holding the leads. Extra
leads that have small insulated
alligator clips at both ends are
very good for making tempo-
rary connections within equip-
ment while troubleshooting.

OSCILLATOR
Although many mixing consoles
include a simple oscillator that can
help in tracing signals, a hattery-oper-
ated tone generator (such as the Shure
A 15TG) is ideal for tracing faults in
multi-pair snakes, checking cross-
patching and verifying continuity/lev-
els through the signal chain.

SIDE CUTTERS
If you carry a lot of large gauge wire,
two sizes of cutters may be handy.

NEEDLE-NOSE PLIERS

A set with long, thin jaws can dig stray
bits out of awkward places and sink
away less heat when holding wires on
terminals during soldering.

LINESMAN PLIERS /VISEGRIPS

These tools can fill a lot of different
functions. The linesman'’s pliers will
usually have a cutting position for
larger gauges of wire, so you may not
need the large set of side cutters. A

Put
this sound \

system first-aid
kit together and
don’t leave home
without it.

BY WADE MCGREGOR



good set of these

can be very useful for both
gripping and tightening loose fric-
tion-type connectors, such as the
flag connector common to loud-
speaker terminals. The vise-
grips can even serve as a vise
for small parts when you
don't have a bench or suc-
tion-mount vise near at
hand.

SCREWDRIVERS
Robertson, Phillips,
Blade — three sizes of
each. Get a small blade screw-
driver or a set of jeweler’s screw-
drivers.

ADJUSTABLE WRENCH

A six- or eight-inch adjustable wrench
will take care of many tightening jobs
where lots of torque is not required.

NUT DRIVERS

Get 1/4” and 1/2" Nut Drivers.
Include the driver sizes that are com-
mon to your sound equipment; rarely
is an entire set required.

POCKET KNIFE

It's one of the most useful emergency
tools there is; if you don’t already
carry a Leatherman tool, that is.

LEATHERMAN POCKET SURVIVAL TOOL
The Leatherman tool is a good exam-
ple of the sound technician’s Swiss
Army knife. It has a folding 8-inch
ruler, needle nose and regular pliers,
wire cutters, a knife blade, can/bottle
opener, three sizes of blade screw-
drivers, #1 Phillips screwdriver,
awl/punch, and a file/saw in a leather
pouch that fits on your belt. Contact
Leatherman, 10300 N.E. Marx Street,
Portland, Oregon: 503-253-7826.

SUCTION VISE (SMALL PLASTIC RS TYPE)
Don't forget a small vise to hold
things until the glue sets or the filing
is complete. For soldering connector
terminals, a box or plate with all the
connectors used in your sound system
mounted on it can be even more
effective for holding the mating con-
nector.

Pictured: The Leatherman Pocket Survival Tool
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TAPE MEASURE

The tape measure can
be used for everything
from checking if doors
are big enough to mak-
ing speaker stacks sym-
metrical on stage.

POWER DRILL/SCREWDRIVER
Battery-powered screw-
drivers can be a godsend. The
best have an adjustable clutch
to prevent over-tightening.

DRILL BITS
A complete set from very small to 1/2”
drill bits as well as the appropriate
screwdriver bits are absolute musts.

POP-RIVET TOOL AND POP-RIVETS

like the powered screwdriver, the
pop-rivet tool is an essential part of
keeping things (like road cases)
together over the long haul.

BATTERIES

Carry spares of size AA, D, C and 9-
volt, and other types in your equip-
ment — especially in the wireless
microphones and cordless drills.

LUBES, GLUES & TAPE

Make sure to have lightweight oil, a
can of spray-on lubricant and 5-
minute epoxy with you. Also don't
neglect to bring heatshrink or vulcan-
izing tape to mend slashed cable jack-
ets and a lighter or soldering iron to
heat it.

HEADPHONES

A higher impedance (greater than 600
ohms) set of headphones can be
extremely useful for signal tracing,
especially as it won't load the output
of line level equipment as severely as
an 8 ohm set.

FLASHLIGHT

A small, durable flashlight worn
around your neck or on your belt will
probably see as much work as all the
rest of your tools combined.

«,

PENS & PAPER

Bring a china marker; they can make
temporary marks that can be wiped
off most surfaces. Bring a felt-tip
pen for making permanent marks,
and always bring a note pad.

SMALL BOXES & ZIP-LOCK BAGS
These are useful for storing all
the little screws, washers, etc.
that like to disappear while you
are dismantling a device.

HAMMER

It helps to persuade the other-
wise stubborn to conform to
your needs.

C-CLAMP, PONY CLIPS, ETC.

These are very useful for holding
things in place until the show is
over or until the glue dries.

KNEE BENCH

A knee bench is a platform made to sit
snugly on your lap. It makes it possi-
ble to have a reasonably stable work
surface in almost any situation.

MECHANICAL METRONOME

Handy for ringing feedback out of the
sound system, for using as an acoustic
reference and for torturing drummers.

MIDI DATA ANALYZER
This MiDI equivalent of a multi-meter
is useful if you're relying on MIDI to
communicate between crucial effects
or sound generators.

AC POWER CHECKER

These small neon indicators are handy
to check if an outlet is live, but can’t
replace the multi-meter for assurance
that the voltage is appropriate and
that there aren’t dangerous voltages
between the neutral and ground.

OSCILLOSCOPE

This is the electronic technician’s ver-
sion of the Swiss Army knife. It allows
visual display of thousands of elec-
tronic conditions and can yield the
same information as a room full of test
equipment. There are now oscillo-
scopes available that fit in the palm of
your hand, if you can afford them. E@®
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The Joy of Lexicon

N JANUARY of this year, I became the owner of two

Lexicon 300 digital effects systems. A long-time user

of Lexicon products (who isn’t?), I was interested in
upgrading the reverb fidelity in my project studio. The
300 turned out to be not only a great reverb, but a terrif-
ic source of a variety of effects.

Aside from the omnipresent Lexi-
con Reverb Algorithm, what
impressed me the most was how quiet
the 300 was. Demonstrating the unit
for inquisitive ears amounts to
lengthening the reverb time to maxi-
mum (about 64 seconds), playing a
few piano notes into it, then soloing
its output. It's so quiet, it sounds
more like a sound generator than a
sound processor.

One may say “As the 200 is (o the
224, so is the 300 to the 480L." The
300 has fewer functions and editing
parameters than the 480L, but has

Film scorer and musical
engineer falks about
life and times with
the Lexicon 300 Digital
Effects System.

BY GARY CHANG

lexicon

300 DIGITAL EFFECTS SYSTEM

similar sonic specs, reverb algo-
rithms, etc.

USING THE MACHINE

The front panel layout of the 300 con-
sists of LED indicators (for MiDI and
sampling rates), level masters, and an
alpha-numerical display on the left,
with various button arrays on the
right, separated by the central value-
change knob.

On the rear panel, you will find
just about any kind of input/output
configuration that you will require.
Digital is well represented,here,with
HLR-type AES/EBU, optical, and
coaxial connectors. MIDI and SMPTE
timecode connections accompany
standard HLR analog inputs and out-
puts, making the 300 eminently inter-
faceable.

There are five modes that you
can run on the 300. Modes are groups
of associated variables. Changing
from mode to mode is achieved
through button selection to the right
of the standard 10-key pad. Once in a
mode, a particular parameter can be
selected for modification (signified by
an underlining of the parameter’s
name) by either the eight buttons
above or below the alpha-numerical
display, or, if the parameter is not on

the page presently being displayed,
pressing PAGE UP or PAGE DOWN
will toggle through the various pages
of that mode. Once selected, a param-
eter can be changed by twirling the
change knob.

The five modes on the 300 are:
RUN, where you load setups; CNTRL,
where global changes are made
(MIDI, Event change Lists, etc.);
SETUP EDIT, where you modify [/0
variables and load effects (it has 8
presets and 64 user memories);
EFFECTS EDIT, where you modify
effects variables (75 presets, 64 user
memories); and MOD EDIT, where
MIDI and Soft Knob patches are
assigned. Of the five modes, most of
the user’s initial activities will be in
the RUN, SETUP EDIT, and EFFECTS
EDIT modes.

Each program loaded while in the
300’s RUN mode actually contains a
SETUP and an associated EFFECT.
The SETUP is simply a listing of 1/0
variables (AES/EBU or SPDIF ins?
48KHz sampling rate? Emphasis?)
plus a name of an associated EFFECT
ALGORITHM — either REVERS,
AMBIENCE, STEREO PITCH SHIFT or
STEREO ADJUST.

Personally, | found the SETUP
concept to be a bit overkill for my
purpose. After hardwiring the units to
my patchbay, [ felt little need to
change the SETUP, except for a few
occasions where I used the digital
input/output.

Accessing programs in one of the
64 user memories in RUN mode
entails naming and saving the SETUP
and the EFFECT - rather uninspiring
tedium during creative sessions. To
circumvent this situation, [ avoid
RUN mode after first selecting my
personal SETUP file. From SETUP
mode, I can select and load any of the




75 preset or 64 EFFECT user memo-
ries. From EFFECT mode, I can create
or edit programs, and then simply
save it in the EFFECT user memory.
Doing this saves me the step of resav-
ing the SETUP with the newly created
or edited EFFECT's name associated
with it and the returning to RUN
mode, which is a big help. Since I use

ADJUST algorithm,
which seems ideal
for the final proces-
sor in a digital mix-
down. The one thing
that I really found
missing from the
unit is that fantastic
Lexicon Chorus,

Great input and output
headroom lets you forget
about the 300 while you're
in your creative throes.

for those who are
looking for 480L-
quality reverb with-
out all the bells and
whistles. For a cou-
ple of thousand dol-
lars less than what a
480L costs, you can
hook yourself with

only one SETUP, I never return to
RUN mode.

One bizarre character of the 300
occurs in the edit modes. When dis-

two totally accommodating 300’s. If
you're looking for an affordable, pro-
fessional-quality reverb for your pro-
ject studio, this is the box. E@

found in many of Lexicon’s reverb
products. Oh, well, I'll get over it.

So, there you have it. Digital 1/0
on a stick. The Lexicon 300 is ideal

playing variables, the 300 shows
either an abbreviation of the name of

the parameter (reverb time, predelay, |

etc.), or the value of the parameter.
The VALUE button lets you toggle
between the name and its value.
However, when the 300 displays 8 dif-
ferent parameters at once (as it often
does), the value button switches from
a display full of abbreviations to a dis-
play full of numbers — this takes get-
ting used to.

Shortcomings aside, the machine
runs admirably. Its timecode reader
and event list are very handy: each
entry in the event list has an assigned
timecode that matches an entry in the
list, and the 300 will load the listed
programs automatically. This can be
useful in film/video sync situations.
Furthermore, it acknowledges MIDI
systems exclusive parameter, so
dynamic changes to the 300's pro-
grams can be recorded with most
MIDI sequencers on the market.

Sonically, the 300 is really a great
performer. When my studio is config-
ured for writing, I have thirtysome-
thing inputs wide open on the board.
Needless to say, noise is a big issue. I

find it pleasing to note that the 300 |

delivers a very dense effect (some say
denser than some of the other Lexi-
con reverbs) which is, in many cases
too loud!

Great input and output head-
room lets you forget about the 300
while you're in your creative throes.
Both the REVERB and AMBIENCE
algorithm produce great reverb, with
the REVERB producing a more
authentic long reverb, and AMBI-
ENCE having more details early on.
The STEREO PITCH SHIFT algorithm
is very useful for your basic harmo-
nizer effects, as well as the STEREO

Gary Chang is a Newhall, Califor-
nia based independent composer
Jor motion pictures and television.
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TEAR DOWN THE

WAI

BY BRUCE SWEDIEN

hate walls when I'm recording, either real or
imagined. I don't like barriers or roadblocks of
.~ | any kind. Anything that gets between me and the
music. Between you and the feeling. It’s a passion
===s for openness and togetherness that has been a
d]flvmg force in my career since I began recording music,
as a professional, in my hometown of Minneapolis back
in the 1950s.

I am fortunate enough to be in the process of
expressing this facet of my character in physical form
these days. I am building a very personal music studio at
my ranch — and it’s like no studio you've ever seen
before. The main room in my new studio has no walls.
There’s nothing between what you would call the “control
room” and the performers’ area of the studio. Whoever’s
singing vocals can sing them rightbehind me, or beside
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GETTING

RID OF WALLS,
BUILDING GREAT
RELATIONSHIPS,
AND CREATING
GREAT RECORDINGS




me, or right in my ear, if that’s what
we wish.

I guess it boils down to the fact
that I am bored with the standard
clinical approach to music recording.
Everyone being assigned to little
“boxes” and the resultant feeling of us
being separated during the perfor-
mance of the music.

My love for togetherness is an
attitude that influences all aspects of
my work. It has been at the root of my
long-term musical relationships and
friendships with geniuses like Quincy
Jones and Michael Jackson.

When you work hand-in-hand
with someone on a creative musical
project, you can't allow any obstacles
to arise in your communication. You
have to develop a working rapport
that lets you accomplish your tasks in
a way that allows for musical expres-
sion of both parties involved — in a
way that perfectly translates the musi-
cal concepts onto the recording medi-
um, so that the rest of the world can
appreciate them, play them over and
over again, and make them a part of
their lives. Tearing down walls in your
working relationships lets you get to
the heart of the matter — the music —
without any barriers getting in the
way.

THE CLASSIC TOUCH
Working closely with the artist is
something that always came naturally
to me, but [ have to give a lot of credit
to the conduc-
tor of

the Chicago Symphony Orchestra,
Fritz Reiner, for bringing it out. I met
Dr. Reiner in 1957 in Chicago. | had
just come from Minneapolis, where |
had been recording chamber music
and choirs for local record companies
and musical organizations. |1 came to
the big city to work for RCA Victor,
and I ended up recording a couple of
albums with the Chicago Symphony
Orchestra, with Fritz Reiner conduct-
ing.

Dr. Reiner was not only a gifted
conductor, he also dearly loved the
recording process. | think | could say
that he seemed to really enjoy making
records. We would work together,
hours into the night, editing the
orchestra recordings bar by bar, and
sometimes note by note. It was, in a
way, an early model of the kind of
relationship I've tried to build with all
the artists I've worked with over the
years. It's one thing to love the music,
it's another to have the kind of intel-
lectual curiosity and passion for quali-
ly that it takes to delve continually
into the minute decisions of the
recording process.

There's one thing I've never been
able to forget about those formative
years of working with Dr. Reiner. He

MIKING MICHAEL

Bruce Swedien talks
about studio tech-

When | do the back-
ground, I'll have him

immediately made me a part of his
innovative, new incentive program —
“one mistake and you're through.” It
worked; I paid attention. Every young
engineer should be as lucky as I was.

Starting off with a strong back-
ground in classical music has certain-
ly made a difference for me. An
orchestral balance is an orchestral
balance no matter whether you're
recording acoustic or synthesized
music. And learning to record classi-
cal music takes an incredible ear for
detail. It has to be right; there’s no
middle ground.

In recording music — no matter
what you're recording — there’s only
one criteria that transcends all other
considerations, and that is quality.
That's what appeals to me the most
about working with Michael Jackson.
All Michael cares about is quality in
the music we do together. Quality of
melody, quality of performance...in
fact, incomparable popular music is
our goal.

Classical music is also a tie
between me and Quincy Jones. Of
course, the projects we worked on
weren't classical. One of the first pro-
jects Quincy and I did together was an
album with Dinah Washington on

When we were at the
Grammys in New York
this year, Bette Midler
had on this absolutely

niques for M.J.

The first thing that dic-
tates my mic choice —
with Michael Jackson or
any other artist — is the
music. For a love song,
such as “She’s Out of
My Life,” I'd use some-
thing very warm, like a
Telefunken U-47 tube.
For a somewhat harsher
sound, like what you
hear in “Workin’ Day
and Night,” I'd put a
Shure SM7 dynamic to
work. For a lot of
Michael’s background
tracks, especially for
vocal block harmonies, |
will even use one of my
RCA 44-BX's.

| don’t usually use a
room mic. | prefer to
move Michael around.

close to the mic, and
then I'll have him step
back. This forces me to
raise the volume level of
the mic, and it captures
more of the early reflect-
ed sounds in relation to
the direct sound, plus
this technique gives a
good mixture of the
reflections off the floor.

| use a very visual
approach, not only in
miking but in all aspects
of production. This prob-
ably stems from the fact
that when | hear
sounds, | see color.
That's the way | EQ
Michael. The high fre-
quencies appear to me
as silver in color, and
the lows are dark col-
ors, brown and black.

Photos of Swedien by Ed Colver

bewitching purple velvet
gown. When | saw her
on stage, all | could
think of was the bass
sound in “Man in the
Mirror.” —Hmm...

I also like to experi-
ment a lot; that's anoth-
er reason for having my
home studio. | love
tubes, for example. No,
| don’t mean vacuum
tubes. | mean paper
shipping tubes. Pipes.
That kind of thing.
There's a line in “Billy
Jean” where Michael’s
alter ego speaks to his
consciousness. | had
him say this line into the
mic through a mailing
tube. It gave it a real
sonic personality. You
can hear it if you listen.



'EVEN WALTER BECKER IS
TALKING ABOUT SOUNDTRACS.

As a founding member of Steely Dan, Walter
: Becker is known for his uncompromising
Soundtracs IL Series point of view. So choosing a console for his
personal studio in Maui was a carefully
You have to be care considered decision.
“ spend for a Co::ls (Sx(j)undtracs IL 4832 features an icxllline ?c’iesign that
ion roduces a pure, transparent sound. Its 32 Busses
want as clean 2 :‘g 5 ";he ' gllow total f!l)exibiliry fgr maximum ease of use in a
board as you €& 8 éas variety of recording situations.
is logicallY laid out, dy rints The IL 4832 comes standard with patchbay and
great sounding EQs an P delivers up to 104 inputs with EQ and Aux on
signal to tape- \ digital recor der — the mi)'(dfown, }‘he board is also available in a 36
A1 : mainframe format.
e ad?,t’,zt:lre‘1 Cmostg;ense. It Pfov‘des 4 gonic purity, versatility, maximum inputs and
1L 4832 ma‘ in an extremely ’AffOl’dable ,’ operational flexibility. These are the reasons why even
32 buss design in & t in the room, 100. Walter Becker has so many good things to say about
package. It looks gred recording with the IL 4832.

SOUNDTRACS=

Soundtracs distributed exclusively in the United States by
© 1991 SAMSON Samson Technologies Corp., PO. Box 9068, Hicksville, NY 11802-9068
TEL (516) 932-3810 FAX (516) 932-3815
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Mercury Records. We also did projects
together on Roulette Records with
Sarah Vaughn. Quincy later moved to
Paris and became a star pupil of Nadia
Boulanger, who taught Stravinsky.
Our mutual love of the classics is a big
tie between me and Quincy; I think
it’s a love that's evidenced in Back On
The Block.

Besides, it was also classical
music that got me into recording in
the first place. Both my parents were
classical musicians, and they poured
on the piano lessons. It was soon
apparent to me (and my piano teach-
ers!) that due to a severe lack of key-
board ability, 1 should do something
else for a living. Recording was a natu-
ral fit.

THE MUSICAL REVOLUTION

And recording | did. I was incredibly
lucky to have had the privilege of
working with artists like Count Basie,
Woody Herman and Duke Ellington,
Stan Kenton, Jack Teagarden
— and of course, Quincy
Jones, who | met very early in
my career. It was this incredi-
ble diversity of experience
that has served me well to this
day.

Right now, I'm working
on a book that goes over all
this history in detail. After all,
I've seen the inside of the
control room through the
musical revolution. This book [&®
is going to be about my expe- K
rience and the people I've worked and
dealt with before, during and after
that revolution.

What do I mean by musical revo-
lution? Well, in the early days, what
we tried to create was a concert-like
image of the music. But in the late
1950s and early ‘60s, we began to
think that reality in recording was not
necessary, or even desirable. That's
when | really started getting excited
about recording.

In my opinion, one record
changed pop music forever: Les Paul
and Mary Ford, 1951, How High The
Moon. Only one instrument plays all
the parts. There wasn't a shred of real-
ity in it — and it was wonderful. The
attempt to present it in a concert-like
atmosphere was totally absent, and
people dug it. Music making has never
been the same since.

[t all comes back to what | was
saying before about walls. You don't
need them. Trying to recreate a con-
cert on tape is like being a rat running
through a maze — you start with a
continued on page 75
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WESTVIKING RECORDERS

For 35 years, I've been
dreaming of building
the perfect recording
studio. Finally, I'm get-
ting the chance to make
the dream come true.

| have a ranch outside
of Los Angeles. We
have horses, chickens,
geese, ducks, dogs and
cats. |'ve torn out the
tennis court and put a
chapelike studio where
it used to be. The studio
— which I'm calling
Westviking Recorders
{in homage to my Scan-
dinavian heritage) —

represents a total depar-
ture from clinical studio

design.

As | said, I've always
hated being separated
from the musicians, look-
ing through the glass
from a separate control
room. So the structure
contains one main
room: 35 feet long x 21
feet wide with a 15 foot
ceiling. It's large
enough to produce a 30
Hz full wave, so it's
going to be just about
the sweetest sounding
room you've ever heard.
For recording rhythm
tracks and the like,
there’s a large garage
— fully equipped and
linked back to the main

room by video.

| designed the studio
acoustically with double
wall construction and no
two parallel surfaces.
The east wall is canted
and the ceiling is cof-
fered, so standing
waves are kept fo an
absolute minimum.

The desk is a gor-
geous Neve 8032 modi-
fied by my pal Stewart
Taylor in Canada. It's a
32-bus board capable
of running two 32-racks
or any combination
smaller than that. I'm a
real fan of
Rupert
Neve's earli-
er efforts —
especially
this particu-
lar one. |
love the
sonic quality
of pure
class-A elec-
tronics.

My dear
friend Allen Sides, of
Oceanway Studios, is
doing all my speakers.
The monitors themselves
are on a perfect 10foot,
8-inch friangle to the
sweet spot, built into
special soffits construct-
ed for acoustic isolation
from the rest of the
building.

I've also built this
room for scoring films.
There's every format in
there from 8mm to one-
inch video, and | can
link any audio format to
picture. We'll use a 12
x 9-foot Cinemascope
screen for projection.

Of course, we've got
enough outboard gear
in there to blow your

mind. Some of the high-
lights are Neve limiters,
Yamaha Rev5’s, Rev7’s,
SPX-1000 and SPX-90,
the Eventide 949, UREI
1176 limiters, dbx
165a’s, a Dynatronic
CX-5, an EMT-250 and
two echoplates custom-
built by Jim Cunningham
in Chicago.

Tracks can be laid
down on my 16-track
two-inch MCL. | have a
Mitsubishi X-850 digital
master machine with
Apogee filters. | also
have a Mitsubishi X-
86HS complemented by
several other analog
and digital tape
machines.

| have 105 micro-
phones; it takes 15
Anvil cases to hold
them. | still have the first
mics | bought after high
school: old Telefunken .
tube U-47’s. | still use
them in every one of my
projects. |'ve also got
M49’s and M50’s,
along with three Tele-
funken ELAM 251's. But
you'll also find units like
the AKG 414, 451 and
452 in there, along with
a ton of Neumann
U64's, KM56's and
M84’s. There are ribbon
mics too — RCA 44-
BXS’s, 77-DX’s and BK-
5’s for percussion. And
how could | forget my
B&K's and Milabs? |
love them.

Gear aside, the point
is that this is my dream
studio. I'm going to be
co-producing a couple
of songs with Sergio
Mendes for Elektra, and
co-producing with Rene
Moore (of Rene and
Angela) — all at West-
viking Ranch. | can't
wait to get started.



A few important words
about the new

A-T 40 Series:

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”’

David Cook

Dreamland Studios

“...real nicetopend and a
warm bottom end...very ver-
satile. | didn't have to pile on a
lot of EQ to capture the air in
the studio...very present, very
natural sounding mikes”’

Milan Bogdon
Masterfonics

“The S/N ratio is superior to
some of the other mikes we
used. They're bright and clean
so we don't have to push the
EQ. Superb mike...great for
vocals, overheads, snare,
toms, electric and acoustic
guitar...it seems to work well
wherever we put it”’

Omnidirectional

AT4049

Capacitor

AT4051
Cardioid
Capacitor

Jeff Baxter
Producer/Artist

“If 'm not getting what | want
from another microphone...I've
been putting up the 4051 and it
nearly always does the job.’

Mack Emerman

Criteria Studio

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

(RCLE 35 ON FREE INFO CARD

AT4053

Hypercardioid

Capacitor

Now it’s your turn!

Compare the new
Audio-Technica 40 Series against
the very best in your studio.
Contact your A-T pro sound
dealer today.

audio-technica.

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



VERY ONCE in a while [ see the
Estatemem that there is no

“new” music. That every note
or combination of notes has already
been written. Every new song is just a
re-statement of previous works.

Well, I guess there's a ring of
truth in it. I heard a song on the
radio the other day, and until the
veca! came in I couldn’t tell who's
song it was going to be. When Bowie
started singing, my kids looked up
with astonishment, proclaiming that
he must have stolen the song from
Vanilla Ice. Right! And my wife got
her good looks from our kids.

I believe that guns don't kill peo-
ple; people kill people. The newest
weapon available to the musician is
the sampler. The samplers aren't
responsible for ripping off material
from other artists, the people who
use them are responsible for the
inappropriate use of these tools.

THE ETHICAL SAMPLER

I built one of the first samplers in
1978. We used it to play drums and
percussion on Steely Dan’s “Gaucho”
album. Roger Linn built the first
commercially available drum
machine that used samples of real
drums in 1979. In 1991, drum
machines and samplers are a dime a

THE COMPLETE

SAMPLE

SAMPLING SMARTS

A BRIEF BUT UNIVERSAL TOUR OF SAMPLING
ETHICS, AESTHETICS AND EDITING TECHNIQUES.

dozen, and some of them sound
great. Sampler sound quality is now
getting right up there where it should
be. Some new sequencing programs
do a pretty good job of adding a
human feel to the sequenced parts.
Sample editing systems like Sound-
Tools from DigiDesign and the Akai
DD1000 make creating new sampies
very easy. They also make it easy to
sample pieces of someone else’s
record and use it for your own pro-
ject.

I guess that the bottom line here
is sampling responsibility. If you
record a song that someone else
wrote, then they get paid for their
creative endeavor. By the same
token, if you use a piece of someone
else’s recording in your song, they
should get paid for their creativity.
During the “Gaucho” album, we had
musicians come into the studio and
we recorded their drum sounds for
time displacement (for use after they
were gone). The musicians knew that
they were playing sounds for the
sampler. They not only got paid for
the sampling session, they also got
paid when we
used their
samples on
other tunes.
Everything

BY ROGER NICHOLS

worked out. We were happy, the
musicians were happy and the
union was happy. I like this
method. You can’t take clips
out of movies and use them
in your own film without
permission from the copy-
right holder, so why
should you be able to do it
with records? If you can’t
afford to pay for the bass
line you’re stealing, then
come up with one of
your own.

THE QUALITY SAMPLER
Now that | got that off
my chest, let's talk
about quality sampling.
If you are going to sam-
ple something, you
should at least try to do
a good job. When you
listen to records, you
can usually tell immedi-
ately when a record has
a drum machine instead
of a drummer. It is
almost as easy to tell
whether the instruments
are samples or the real
thing. The two qualities
that give it away most eas-
ily are the fact that most
samples are mono, and
there is an absence of
ambience or leakage
from one instrument to
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Nichols hefts Wendel, his homemade sampler. Photo by Ed Colver.
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fyou can’t pay for the

bass line you're steal-

ing, then come up
with one of your own.

another during the recording pro-
cess. A little pre-planning can go a
long way toward eliminating most of
these problems.

First, stereo samples. When
recording drums, you usually have
from seven to twelve microphones
that are mixed together into the
stereo image. When the snare drum
is hit by the drummer, the sound of
that drum gets into all of the other
microphones. Some of them may be
gated, but usually multiple micro-
phones contribute to the snare drum
sound. Part of the image that is heard
in the control room is due to the fact
that all of these microphones are not
the same distance from the snare
drum. The time delay of the acoustic
energy from the snare drum reaching
these different microphones dictates
the snare drum’s perceived position
in the stereo field. If when you sam-
ple a snare drum, you use the sound
of all of the contributing micro-
phones, in stereo, then the sample
stands the most chance of sounding

realistic.
Not all samplers
record or play back with

equal fidelity. Check out the sampler
that you plan to use and make sure
that it is compatible with your needs.
Some samplers, like the Akai S1000
and S1100, sound better if the sam-
ple was recorded on a DAT machine
or some other A/D converters and
then transferred digitally into the
sampler for editing. Make the sample
sound as good as possible. A bunch
of crappy samples added together
end up sounding worse, not better.

SAMPLE EDITING
After you record the
sample, it needs to be
edited. Remember,
the stereo position is
dependent on the
timing of the right
and left channel
information. If you
can edit the sounds
in stereo, you stand a better chance
of maintaining that relationship. If
your sampler can play back stereo
samples and can accept stereo sam-
ples dumped over from the editor,
you're in pretty good shape.

You are in big trouble if you have
to edit each side of the stereo
image independently. | did some
testing with two overhead mics
on cymbals. I recorded the sam-
ples in stereo and then loaded
them into SoundTools for editing.
When you zoom in to get a closer
look at the wave form, you can
see the relationship between the
cymbal attack as seen by each of
the mics. If the drummer hit a
cymbal on the left, then the
attack wave form on the right will
be as much as 100 to 200 samples
later. This is due to the speed of
sound, approximately 1100 feet
per second. If the microphone is

AKAI S1100 &
51000

Starr Parodi
Keyboard Player, Arsenio Hall Show

I've been using the Akai S1000 on
The Arsenio Hall Show and its upgrad-
ed version, the S1100, for my own
record. One of the reasons for getting
the S1000 is that Arsenio wanted a
new opening that required us to be
able to lock to the picture. So | use it
with sampled sounds and lock it to the
picture. 've even sampled Arsenio
yelling, “Crank It Up”, and the first
two bars of the intro.

Both models give me a lot of free-
dom — I've sampled drum loops and
five or six different grooves to be
ready for any of Arsenio’s impromptu
requests.

The S1100 is a great upgrade to the
S1000. The S1100 seems to have
revitalized sounds that | didn’t like on
the S1000. | like to
use the S1000 for
darker, more organic
sounds. The $1100
has improved stereo
imaging and its high
end is more transpar-
ent with a nice
amount of air to it.

“A great .
upgrade fo the  The thing | love
$1000...” about the S1100 is

the Mix Page in

Select, which is really
easy to use. Both models, in general,
are very userfriendly. They're fast to
get around on, which is an advantage
both live and in the studio.

I like that the S1100 can be expand-
ed to 32 megabytes of memory. | find
its 8 independent outputs plus stereo
inputs very useful since | like to sample
in stereo quite often. But | would like to
see it expanded to even more outputs.

On a live show things happen
unpredictably every night. | like these
samplers because they can be ready
at a moment's notice, and also
enhance my creativity in the studio.
Circle EQ Free Literature #101.
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e Yo Y
E-MU EMULATOR-3

Frank Serafine

Composer and Sound Designer

| use the E-3 on nearly everything | do.
All of the sounds | created for “The
Hunt for Red October” were done on
the E-3 connected to a Sony Pinnacle
650 megabyte computer with an opti-
cal read/write drive.

Using it for a music score is where it
really shows what it can do; it has the
most realistic orchestra sounds from
the factory that I've ever heard. I've
managed to pull off some orchestral
sounds with it that producers have
refused to believe were done without
a full orchestra.

It only has a few minor drawbacks.
It does not have polyphonic outputs,
and | often experience aliasing in low
registers. But with just a little work,
you can overcome these problems
quite easily.

It has six Macintosh interfaces, but |
only use two for library functions.
Believe me, no other model has as
good a Macintosh front end.

The E-3's 56-disk Optical Media
Jukebox allows for a gigantic library
with auto-loading computer access,
and it makes editing unbelievably fast.
Click twice and the sound loads itself.
30,000 effects would be more than
just o hassle to load otherwise. And
the fact that it operates on optical disc
is great; 11 CO-ROM disks are much
more manageable than 5,000 flop-
pies.

Another E-3 feature | really like is the
scrub function. It allows you to pin-
point a sound
with its pitch
wheel. This feo-
ture has never
really been
available for
digital but it's
very valuable to
me when I'm editing.

It seems that E-Mu
has set the standard
for sampling. The E-3
will be the sampler

“The most real-
istic orchestra
sounds |'ve
heard...”

ten feet away from the cymbal it takes
nine milliseconds for the sound to get
there. That’s 450 samples later. As long
as the channels are locked together in
stereo, there's no problem. You can
edit on the attack of the earlier chan-
nel. If the left and right channels have
to be edited separately and then locked
in stereo, there’s no way to tell how
much later one channel should be in
relation to the other. If you edit the
attack on each channel, the spatial rep-
resentation will be off during playback.

MONO RAILING

If mono is unavoidable, keep a com-
mon timing reference between the two
channels — SMPTE timecode, per-

haps, or a standard start point. Usu-
ally the time from the start is the
same for both channels. If the earli-
est channel starts at 2.164 seconds,
make the edit on the other at 2.164
seconds (not at 2.198 seconds, where
the attack shows on the display).
Another option: put a click on both
channels just prior to the cymbal hit.
When you edit, measure the distance
from the click to each of the attacks
and edit them both at the time refer-
ence of the earlier one.

Also, let samples decay. If the
sound ends prematurely and you lis-
ten to it too many times there is a
possibility that your brain will be

continued on page 72

SAMPLER BUYING TIPS
EVERYTHING YOU NEED TO KNOW WHEN YOU GO
TO YOUR LOCAL DEALER

SAMPLER IS a sonic cha-
A meleon that can reproduce
A just about any sound you
want, from a set of timpani to a
thunderstorm. While contemporary
samplers have more similarities than
differences, there are still several
important considerations to take
into account when you're out at the
dealer’s for some sampler-shopping.
® Sound library. A sampler without
sounds is like a razor without razor
blades. You can always do your own
sampling, but this may not be possi-
ble for sound sources like Bosendor-
fer pianos and string quartets. Sever-
al manufacturers (such as E-Mu,
Ensoniq and Ro-
land) have been
very aggressive in
expanding the
sound libraries
for their instru-
ments.
An addition-
al source of
sounds is “shareware,” non-com-
mercial samples that musicians
trade with each other; music stores
will sometimes let you access their
public domain samples as an extra
perk when buying a sampler.

B Visual editor software support.
For serious sample editing, a visual
editing program is essential. Such
software packages are available for
all major computer families (Sound
Designer, Sound Apprentice and
Alchemy for the Mac, Sample
Wrench for the Amiga, GenWave and
Avalon for the Atari ST, and Sample-
Vision for the PC and compatibles).
Visual editors show samples on-
screen, and allow digital processing
options such as cut, paste, truncate,
resample, EQ, mix, and translate for-
mat (e.g., you could bring an Akai
S$1000 sample into the editor, then
send it to an Emax II).

Not all sample editing packages
support all samplers, so check care-
fully. However, virtually all visual
editors support the MIDI Sample
Dump Standard (SDS), so if your
sampler can transfer samples in this
manner, you're covered.

Also note that some samplers
(e.g., Roland S-50 and S-770) will also
include a video out jack for hooking
up to a monitor. This may actually
eliminate the need to tie up your
main computer with a sample editing
package — a plus.

continued on page 72
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ample your favorite

synth sounds, then

add some aftertouch,
layering, splits...whatever.

FUN WITH SAMPLERS

IDEAS AND APPLICATIONS FROM
CRAIG ANDERTON'S LAB

URE, you can load in disks and
S play back sounds — but consid-

er these other sampling applica-
tions.
B Sampling vintage synths. Remem-
ber that Casio CZ-101 sitting in your
closet? It made some great sounds in
its time, but without any aftertouch,
velocity, filters and other contempo-
rary features, it may have outlived its
usefulness. Or has it? Sample your
favorite synth sounds, then use the
sampler’s processing capabilities to
add aftertouch, layering, splits, etc.
M Fixing in the mix. With a sampler
and (for best results) a visual editing
system, you can pull sounds from a
tape, process them, then record them
back on tape again. For example, if a
musician’s instrument hits the mic,
sample that part of the tune, cut out
the “thunk,” then crossfade the
audio on either side of the
thunk to smooth over the place
where the glitch occurred.
Transfer the sampled version
to tape, and the problem is
solved.
B Test equipment. Record test
tones, tuning tones, white
noise, spoken left/right chan-
nel identification, and other
audio test signals (and/or MIDI
test notes if there's a built-in
sequencer) into the sampler.
Boot the disk up at the begin-
ning of your session to check if
everything is aligned properly.

B Massive vocals. Sample the vocal
track to be “massed.” Copy the sam-
ple several times to various layers,
each with slightly different detuning,
start times, vibrato rates, etc. Send
the composite sound back to tape.

B Avdio for video. Load sound
effects into a sampler whose MIDI
out feeds a sequencer synced to
video (this generally involves syncing
to SMPTE via a SMPTE-to-MIDI or
SMPTE-to-MTC converter). Press
keys associated with particular
effects at the appropriate times, and
the sound effects will sync up with
the picture as long as you don't
change the tempo. To get around
that problem, check into MIDI Time
Code and Events Lists.

—Craig Anderton

......

of the future because it's a powerful,
flexible tool with great sound manip-
ulation capabilities. Circle EQ Free
Literature #102.

—— T
EVENTIDE H3000$

Richard Landers
Engineer

I've used nearly every H3000S config-
uration possible. What | like best
about it is that Eventide is constantly
experimentfing with new things and
updating all of its modules — especial-
ly the HS322 sampler module.

As a sampler, it is an excellent piece
of equipment that allows me to move
vocal passages around. It's about as
easy to use as a tape machine, yet is
extremely powerful.

Its 23 seconds in mono is more than
long enough to sample in a piece of a
vocal track. Using the scrub wheel you
can change the starting point to make
drop-in easy..

One of the nicest things about it is
that you can change the pitch of a
sample without affecting its speed.
Conversely, it's capable of changing
the length of a sample without affect-
ing its pitch. In many cases, a sampled
vocal track sounds better than the orig-
inally recorded vocal.

It's very userfriendly. And it's faster
and more accurate than other sam-
plers. The sampling programs include
expert modes that bring in some
parameters that allow you to perform
certain things you might not ever

need, but if you ever wanted to

achieve six different delays in

one piece, you could.
This sampler is one of the
best avail-
able pieces
on the mar-
ket, and it
will never be
outdated since
it is a module
that is being
constantly updated with new
sample programs. Circle EQ
Free literature #103.

“Very user-
friendly, fast
and accurate...”
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O T T
ROLAND $770

Gary Barlough

Primary Engineer for Jon Anderson
(Yes); Creative Director for Opio
Productions (engineer/co-producer)

While | was working on the new Yes
album, Union, there were a number of
other samplers available to me, but |
started playing around with the
Roland S770. It had some interesting
sounds in its large internal library, and
| wanted to hear more. | loved it, and
ended up using it on the album.

| was hooked on its excellent vocal
sounds, and | liked its strings samples
as well. As for its orchestral sounds —
particularly the percussion effects — |
found them to be very applicable
when | was working on a musical with
Jon Anderson and Don Black called
Forever and Ever Amen.

| used it without a computer monitor
on Union, which made it more difficult
to access samples, but | managed to
work it out using its readout.
Accessing sounds is sill excellent.

The sound structure of its library is
one of its main strong points. it
makes constructing patches a little

“Accessing
sounds is
really
excellent...”

easier and better.

Its large RAM
capacity lets you access
a wide variety of
patches instantly. |
know that John Anderson is using it
on his current tour. It is a bit more
complicated, but that's because its
internal architecture is very thorough.
It has a lot of room for memory
expansion and for the hard disk to
be accessed.

For a 16-bit sampler it's also pretty
quick. There was obviously a lot of
thought put into this model. Circle EQ
Free literature #104.

SAMPLING AND THE

body is sampling these days

— and that legal issues are
hotter than ever in the musical world
— there are still no firm legal guide-
lines to follow. Why not? Because the
sampling suits that have been filed
are being settled before trial. There-
fore, no court has decided whether
sampling without permission consti-
tutes copyright infringement.

In the meantime, here’s a look at
the legal issue sampling raises, as
well as some of the licensing proce-
dures now in use:

Using a sample involves the
copyright in both the recording and
the musical composition. The sam-
pled recording is usually copyrighted
by the record company, though only
sound recordings made after 1971
are protected by law. A musical pub-
lisher will likely own the rights to the
musical composition.

Anyone, including an engineer,
involved in production and sale
could be technically liable for
infringement. But the producer, the
artists, the record company, the dis-
tributor and anyone who earns
income from the recording will usu-
ally be named as defendant in a sam-
pling suit. A plaintiff can ask for an
injunction against further manufac-

l') ESPITE THE fact that every-

ture and sales of the defendant’s
recording, plus profits or statutory
damages (of up to $10,000 for each
infringement).

Recording agreements typically
include a provision where an artist
warrants that product delivered is
“original and uninfringed.” The artist
also agrees to indemnify the record
company for settlements, judgments,
attorney fees and court costs that
may arise from violations of the third
party rights. Indemnifications may
also cover record producers and pro-
duction companies. An artist will at
least want shared responsibility.

Two primary issues in a copyright
infringement suit are whether the
defendant has access to the plaintiff’s
work and whether, to the average lis-
tener, the defendant’s work sounds
“substantially similar” to the plaintiff's
work. Substantial similarity is tough to
prove if a sample has been altered to
bear no resemblance to the original. If
the sample is essentially unaltered,
access will be easy to prove, but the
question still remains as to how much

B BY STAN SOOCHER

ing work must be used before the
defendant could be liable for copyright
infringement.

continued on page 89
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Type: c=card, k=keyboard, m=module. Stereo: refers stereo sampling capability. Rate: in kHz, highest and lowest.
Time: in seconds, at highest rate. Play/Loading: unit plays while loading. Other symbols: o=optional, i=infinite.
All information provided by manufacturers.
*Playback only
NEW PEAVEY bit samples and then loads ~ you can use in voices and offers phantom powered
them into the DPM SE Som-  sequences, and even store XLR and standard 1/4"
E)(PAN DER ple RAM area (256K on- to floppy — letting you inputs. It supports SDS, is
. board RAM). Meanwhile, build your own library. The  expandable to 16
Peavey has just released trimming, looping, mapping  single space rackmount SX  megabytes with industry-
the DPM-SX Sampling and storing is standard SIMM's, has
Xpander module, but it done in the DPM3 selectable sample rates up
wasn’t available for review  with SE (version to 48 kHz, offers armed
at press time. The DPM-SX 2.0) software. and manual sampling and
expansion card lets you turn  Once you've cre- can optionally be fitted with
your DPM 3SE keyboard ated a sample, it an SCS! interface. For more
info a sampler. The SX digi-  becomes a DPM3 information, circle EQ free
tally records your own 16- sample wave that literature #105.
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E-mu’s new Procussion™ Maximum Percussion every element of your sound by inputs such as velocity,
Module doesn't do anything in a small way. trigger rate, tempo, and more. And to reproduce all your

Over /000 drum and percussion sounds based on intricate rhythims perfectly, Procussion has a lightning-
16-bit samples from the Emulator™ I11 library flawlessty ~ fast MIDI response time.

reproduced by our celebrated G-chip. Each one too big, With unprecedented editing and layering
too hot, too real to be described by words. capabilities, you have maximum flexibility to create
So stop reading. And beat a path to your E-mu startling new sounds. Our 32-voice polyphony ensures
dealer to hear Procussion. [
Sinceyou'll probably have to
wait in line, you'll have time - TR
to read the rest. . ,
Whether it's rock, hip hop, heavy metal, or Latin that even truly huge sounds won' reduce you to a
percussion, Procussion delivers maximum selection. 3-piece drum Kit.
Organized into 128 drum kits, there are literally Since Procussion’s from E-mu, we don't have to tell
hundreds of killer kicks, snares, and toms. And with you how easy it is to use. Or that it's made in the USA.
our multi-channel MIDI capability, you can play up to So put yourself in front of Procussion. Crank it up.
16 different kits at the same time. Then brace yourself for maximum impact.
Of course, great drum parts require more than
great samples. You also need the subtle nuances and . P Rr—_—
dynamics that define virtuoso drumming. Exactly where applied magic for the arts
Procussion shines. Extensive real-time modulation

and expressive controls, including our remarkable
Super-switch™ software, allow you to control virtually

CIRCLE 17 ON FREE INFO CARD



PROTECTING YOUR AUDIO GEAR AGAINST VOLTAGE
GONE WILD CAN BE THE MOST IMPORTANT
MAINTENANCE MOVE YOU MAKE IN

THE STUDIO AND ON STAGE.




LL THINGS ELECTRIC, so the ancient and dusty
joke goes, run on smoke. Let out the smoke and the
machine stops working. Of course, the joke isn’t so
funny if it’s your gear smoking. From ultra-high volt-
age lightning strikes that can blast your gear into the
afterlife to noisy electromagnetic interference, electricity run
amok can be a powerful studio destroyer. Electrical deviations
cause problems as serious as smoke-charred power supplies to
unexpected and otherwise inexplicable lost or corrupted data.
Overvoltage and overcurrent failure fit into one of three clas-
sifications: hard, upset, and latent. With hard damage, the unit
fails almost immediately. An upset is a temporary malfunction that is
sometimes self-restoring. And latent failures occur when the components are weak-
ened by poor power, leading to premature breakdown.
Since most of your equipment was designed to run off of a 60 Hz sine
wave at 110-120 volts, any deviation can lead to failure of one class or §
another.

OVERVOLTAGE
So how do you know if what’s coming out of your wall socket is the right stuff,
and how do you fix it if it isn't? There are several types of problems and solu-
tions when it comes to AC power line disturbances.

The most common problem is electrical overstress (EOS): too much electricity.
EOS is often identified as surges and transients. Most definitions will hold that a
transient is an overvoltage lasting less than 8.3 ms or 1/2 cycle of the 60 Hz wave-
form, while a surge lasts longer. Any deviation in the transient range of less than
ten volts can also be classified as noise. Distortion can be either pulse (one sharp
deviation) or oscillatory (several successive disturbances, either consistent or
falling off in time).

While there are a number of possible sources of overvoltage, the most likely
hazard is a spike (possibly up to 6,000 volts at a wall outlet) from a sudden
atmospheric electrostatic discharge. Since the theological ramifications of a
lightning strike in or around your studio are beyond the scope of this article,
we'll look at possible ways to protect your gear from surges and transients.

SURGE STOPPERS

The basic idea is to use a protection device that will pass the
standard voltage but clamp or shut any excess before it gets through.
Originally, surge protection was designed to protect telephone
operators from lightning strikes and consisted of carbon block
with an air spacing. These blocks would arc or short out
at high voltages (air gaps at about 30,000 volts

BY
CALIX
LEWIS
RENEAU



IT MAKES NO SENSE TO TRUST ALL OF YOUR GEAR
— AND YOUR ART — TO THE WHIMS OF THE WALL

SOCKET.

per inch.) Today there are three basic
components available for Transient
Voltage Surge Suppressors (TVSS):
MOV’s (metal oxide varistors), gas
tubes and silicone suppressors or
avalanche diodes (also referred to by
the trade name Transorbs). MOV's are
generally used on AC lines for high
voltage protection, while gas tubes are
the most common protection for
telecommunications lines and high
current/energy lightning protection.
Silicone suppressors are primarily
used for protection on the microchip
level. Most surge and transient protec-
tion systems use at least one of these
three basic components, while the
better units use a combination to bal-
ance out the advantages and disad-
vantages of each component.

There are also three IEEE cate-
gories used for TVSS, designated not
by component but by where in the
system the protection is used and the
physical distance from the utility
entrance. Category C covers the ser-
vice (from the utility pole to the meter
base) and will need components
which can handle upwards of 30,000
volts to 20,000 amps. Category B
includes the main and sub distribu-
tion panels (the breaker and fuse
boxes) and will usually see no more
than 6,000 volts and 3,000 amps of
surge. Category A, meanwhile, covers
all long branch circuits and points of
use, such as the wall outlet to the
instrument to be protected (although
since the standard specifies that Cate-
gory A locations are at least 30 feet
from the B location distribution panel,
it is quite possible in most residential
and small studio locations that your
wall outlets actually fall into Category
B. This is important, as the maximum
current and voltage you will need to
protect against is to a great extent
determined by the inherent
impedance of your wiring system.) In
general, transient voltage and current
decreases as it travels from Category C
to A.

CATEGORY, PLEASE

So what does this mean when it comes
to protecting your gear? Well, for the
most applications Category C protec-
tion will be unnecessary, both because
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not everything in the building will
need more protection than the natural
wire impedance provides and because
the power handling requirements of
protection at this point make it very
expensive. For a small studio applica-
tion, a combination of protection at B
and A will suffice. Your TVSS should
consist of a combination of MOV's,
gas tubes, and silicone suppressors
installed both in your distribution
panel for general protection and at
the point of use for more sensitive
equipment.

TVSS can be installed either in
series or parallel with your AC power
lines. A parallel arrangement has cer-
tain advantages; it’s smaller and can
be easier to install, but the main dif-
ference is economic. At 200 amps
(Category B) a basic series TVSS will
cost several thousand dollars, while a
high-quality, top-of-the-line parallel
system can be found for under a thou-
sand.

At point of use, however, a series
arrangement becomes more desirable.
A series TVSS will usually consist of a
parallel suppressor (a gas tube or
MOV) for primary protection, fol-
lowed immediately by a series reactor
(either a resistor or choke) and then a
secondary parallel suppressor (this
time usually an MOV or silicone
diode). The reactor provides forward
impedance to block transient rise
time, giving the primary suppressor
time to react, while the secondary
suppressor takes care of whatever
passes.

A second advantage of the series
TVSS is that, while DC and communi-
cations systems will use a resistor,
most AC series TVSS use chokes for
the reactor — which means half of a
filter circuit is already built. A well-
designed series TVSS includes capaci-
tors to complete the filter.

LINE NOISE
Since so much of the musical and stu-
dio equipment in use today is micro-

processor based, line noise is
an increasing
problem.

Switch-

ing noise is
a primary
source of corrup-
tion — you know, the
interference you get when
someone turns on the blowdry-

“er in the bathroom. Additionally, any

device that uses a transformer or coil
will induce unwanted noise when
turned off (as the magnetic field
collapses.)

Electromagnetic and
Radio Frequency Interfer-
ence (EMI and RFI) can
also corrupt your
power, so filtration
can often be essen-
tial to avoid trou-
ble. It’s also a
good idea to keep
sensitive gear on
its own home run
or individual
branch circuit to
minimize power-
induced noise from
other components,
and further to keep all
of your studio as electri-
cally isolated as possible.
One quick check for poten-
tial trouble is to measure
ground-to-neutral voltages with
a reliable meter. Most computer
companies specify a limit of .5 volts;
anything higher can cause problems
for your gear. If necessary, you can
install an isolation transformer at the
point of use to eliminate common
mode noise (or noise measured in ref-
erence to ground.) A transformer of
this type can be found in the 250-500
VA range (which will provide around 4
amps) for under $200.

A brief note about grounding and
ground loops: a solid operation path
to earth or ground is essential for the
safe operation of any electrical equip-
ment. That 60 Hz hum in your speak-
ers is an audio problem, not a power
problem, and quite often indicates
either trouble in the way you’'ve con-
nected your equipment or a break-
down in one piece of gear or another.
Removing the ground from a three
pronged plug is a temporary solution
at best and removes the designed
“safety valve” grounding path should
something go wrong — which could
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the rnight hands theytre
incredible tools.

We’d like to introduce you to the
Crown PZM*-30F and 30R; two ex-
tremely versatile and indispensable
microphones for the recording studio.
Like other professional tools, it
takes some experience and skill to
discover everything they’re capable of
doing. But, when used properly, they
do what no other microphones can do.
Unlike conventional mics, the
pressure-zone design of the 30 series
uses a miniature condenser mic
capsule to receive direct and reflected
sound simultaneously. Direct sound
from the source and reflected sound
from a wall, floor or other boundary
combine in-phase to produce a wide,
smooth frequency response free from
phase interference. The result is
increased sensitivity, superior clarity

and “reach” with little or no off-axis
coloration. All you receive is clear,
natural soun.

Because of their unique PZM
design, the 30 series excels when used
to record sound near hard reflective
surfaces such as pianos or instruments
surrounded by reflective baffles.
They’re also an excellent choice for
recording room ambience or, when
used in pairs, for recording near-co-
incident or spaced-pair stereo.

With some experimentation, you'll
find the 30R and 30F open a whole
range of possibilities and solutions not
available with any other microphone.
We think you’ll find them an important
part of your recording “toolkit.”

Like all Crown professional mics,
the 30 series carries a full three year

unconditional warranty
against malfunction
with a lifetime war-
ranty on the acoustic
system.”

For more
information on our
complete line of

“%5

PZMs or a free Call for

your free copy of
copy of the Bound- the Boundary Micro-
ary Microphone phone Application Guide

Application Guide see your Crown
dealer or call toll-free: 1-800-535-6289.

*The PZM-30F features a flat frequency response, the 30R
features a rising response. Also available with a smaller
profile as PZM-6F and 6R

** See your Crown dealer for complete warranty details.

~a” ]

=) Crown.

P.Q. Box 1000 « Elkhant, IN « 46515-1000

1390 Crown International, Inc. PZM and Crown are
registered trademarks of Crown International, Inc.
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prove highly dangerous or

even fatal. There's no

. excuse for lifting a

’\ ground in the studio

#4_‘,," situation where you can

" take the time to solve

the ground loop problem the right
way.

Low volLrs

Once you’ve installed a TVSS to take
care of surge and transients and
arrange to filter out unwanted noise,
the third problem to consider is low
voltage. Low voltage is most often
caused by situations out of your con-
trol, such as brownouts and black-
outs, but there are several options. A
voltage regulator can be installed in
the system to automatically adjust for
variations in the line voltage, but usu-
ally this will only be effective in deal-
ing with the smooth fluctuations your
gear can handle without problems

anyway.

If your area is prone to more seri- |
ous voltage drops, install a battery |

backup system. There are limitations
here as well. First, battery backups are
expensive, especially if they will be
expected to support a large amount of
equipment for some period of time.
Second, battery backup units require
some period of time to make the
switch from utility to backup. This
time is measured in milliseconds and
usually is faster than one cycle (about
16 ms), but some equipment can’t
handle even a brief delay, a situation
which will become more prevalent as
your gear grows more sophisticated.

This ugly scenario brings us to
the Uninterruptible Power Supply, or
UPS. A UPS is the most common form
of power synthesis equipment, and
uses utility power to generate a new,
clean waveform for the user. Since
this is a new 60 Hz sine wave, the UPS
should output clean power in addition
to providing instantaneous access to
battery power. This level of protection
doesn’t come cheap. A small UPS (say,
the size to run a home computer) will
cost from five hundred to a thousand
dollars. A system sized large enough
to run an entire studio will cost signif-
icantly more.

Additionally, even the biggest
UPS systems are seldom installed to
carry a site through an extended
power outage. Most UPS’s are
installed to give the user (usually in a
computer application) time to shut
down his system without losing data
or damaging equipment or to allow
time for a generator system to switch

on. In most cases, this type of power
protection supply is hardly justifiable
for a small studio in terms of expense,
but for a larger digital recording stu-
dio it could be an important advan-
tage, both in terms of protecting your
equipment and avoiding costly down
time.

If you ‘re shopping for a UPS sys-
tem, the primary thing to look for is
that the UPS provide a sine wave at
the output with less than 5% THD;
some less expensive units output a
squarewave (which makes good reed
sounds but lousy power). Also keep in
mind that the run time of the UPS

THERE’S NO EXCUSE
FOR LIFTING A GROUND
WHEN YOU CAN TAKE
THE TIME TO SOLVE IT
RIGHT.

continued on page 73
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LA XS SN N-B B MAINTENANCE

The Patchbay Perfect

A little attention can
keep patch problems
at bay. Here's the fact,
fiction and folklore
about your plug port.

BY RICHIE MOORE, PH.D.

UCH HAS BEEN written in
the technical world about
patchbays. The patchbay is

that venerable part of the recording
studio that is always on the tongue of
mixers and technicians alike. Few
moments of musical magic are possi-
ble without the patchbay. In fact,
many rental companies fly them all
over the country based on client
demands.

If you believe the above lines,
there's a bridge I really want to sell
you. When EQ's editors asked me to
write a piece on patchbays, I did a lit-
tle research in my library to see what
others had written. To my surprise
(grin), not a whole lot has been
penned on the subject. The patchbay
has always been linked to audio
voodoo. Knowledge and mastery of
the patchbay have always been part of
the rite of passage for recording engi-
neers. Understanding of the patchbay
was taught to me, and it is now time
for me to pass that knowledge on to
others.

SWITCHBOARD REVISITED

In my experience, the patchbay is the
most important piece of gear in the
control room outside of the console
and tape machine. The patchbay is
the system by which the hardwire
design function of equipment can be
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easily altered. The bay makes the ins
and outs of components of the system
available at jacks for insertion or sub-
stitution of equipment, testing and
maintenance.

The major components of the bay
are the jacks and the patch cords.
Pretty straightforward. There are,
however, different ways to set up a
patchbay. The original type of bay
used a 1/4-inch jackfield. This was
because it was inherited from the tele-
phone company. In fact, back in the
1950s, most broadcast, motion picture
and recording studios used a double
plug type of patch cord and jack
assembly. These were big and
bulky, but allowed the user to
change the polarity of the
cable by reversing the plug
position. To cut down on the
size of the bay, Western Elec-
tric (remember Ma Bell?)
developed an alternative.
This was the single circuit 1/4-
inch tip-ring-sleeve, or TRS
convention. Even though the
1/4-inch TRS bays were a
substantial improve-
ment in space saving,
they still took up a
lot of room. In a
standard 19-
inch rack
space, you
could fit
24 jacks
across
or 48
in a
double
row.

Somewhere in the ‘70s there
arrived a new convention that saved a
lot of space. This was the TT patchbay
and cords. “TT" is an abbreviation
meaning “tiny telephone.” The patch
bays have also been called “bantam”
because they are miniature compared
to the original. In 19 inches of space,
with TT you could put 48 across or 96
points in a double row.

Although jacks and cords come in
several sizes, they are constructed the
same. The contacts of a tip-ring-
sleeve jack are shown in Figure 1. A
TRS jack has two springs, the upper
making contact with the ring of the

plug and the lower

with the tip. The
frame of the
jack grounds
the sleeve
of the

plug.




f

HAVE A NORMAL, HALF A NORMAL

In addition to the two main contacts,
there are usually two additional con-
tacts if the bay is wired to have a nor-
mal. A “normalled” bay is one in which
it is normal for the output of one jack
to be tied to the input of another, and
vice versa. A “normal” situation is a
tape machine output to console line
input. Another convention is a “half-
normalled” jack, where the signal goes
to two places. A “half-normal” situa-
tion is where the tape machine output
is wired to both line input and the
monitor section of a split console. In
both cases, when a plug is inserted
into the input, the normal is broken
and the signal flow interrupted.

Wiring a patchbay should also
follow a convention. In a balanced
system, the hot (+) side is connected
to the tip and the low (-), or neutral
side, is connected to the ring. The
sleeve is tied to technical earth at the
bay. To eliminate possible ground
loops and enhance shielding in a star
ground wiring installation (most
preferable), the shield is attached 1o
the bay at the send and lifted at the
device input. The shield is then
attached to the device output and lift-
ed at the patchbay. This procedure is
known as telescoping the shields. The
device ground is attached to technical
earth at a central location.

In an unbalanced system using a
TRS jack, you need to attach the (+) to
the tip and the (-) to the ring. At the
device you need to connect the (-) and
the shield together for proper signal
flow. At the output of the device, con-
nect (-) and the shield together and
lift the shield at the patchbay. If you
are using an RCA-type (phono) patch-
bay, the same convention applies.

I always recommend using a
metal type jack in the bay. There are

some console and other manufac-
turers that use a plastic jack

that attaches to a printed
circuit card. These are
just not reliable enough
although cost efficient.
The plastic case does
not have enough tensile
strength, nor is the con-
tact metal material
strong enough to give
repeatedly good con-
tact. RCA jacks, though
relatively inexpensive,

/ Ring Contact

Tip Contact

Normal

2 Contacts
i
/‘v ;

Sleeve

—f (Frame)

Figure 1: Patchbay Jack

are not good for heavy duty use. The
insulating  material becomes
deformed and makes for loose and
intermittent connections.

The hardwire method to a metal
jack is the best approach for wiring.
This is done with a direct solder con-
nection to the metal jack either free-
standing or attached to a PC card. The
interface can be either a multi-pin
connector (ELCO or
Cannon DL), or a rib-
bon connector to the
jack field. The most

The mos! imporfant

are dusted and squirted with com-
pressed air on a regular basis. Do not
empty coffee or ashtrays into the
patchbay. In the old days, a wire
brush was used to clean the interior of
the jacks. But with every insertion,
small amounts of the jack casing
would wear away, causing a loose fit.
The devices that I use are the Vertigo
burnishing and injector tools from
Vertigo Recording Ser-
vices in North Holly-
wood, CA (818-907-
5161). For burnishing,

unreliable connections 1hi|ﬂg thot you (on you insert either the
| have seen are with §ooin 1/4-inch TRS or TT
molex-type connectors dO lo maintain tool and twist a few
attached to printed cir- times. The injector
cuit cards. Take it from your put(hbuy allows you to attach
me: try to avoid these if is to some cleaning solvent
you possibly can. g to clean the normal

keep i (IEUN. contacts. Both of these

PATCH HYGIENE
The most important
thing that you can do to maintain
your patchbay is to keep it clean. This
starts with keeping the patch cords
cleaned. Although a thankless job in
itself, it helps keep the jacks clean and
minimizes poor connections. My two
personal favorites for cleaning patch
cords are Polysand sheets from Audio
Accessories in New Hampshire (603-
466-3335) or dealers around the coun-
try, and Doe's Plug Polish from Walter
S Doe Company in Cleveland, Ohio
(216-845-7716). 1 don't know where
else to get Doe’s except from the man-
ufacturer. Polysand does a beautiful
job, but is a little on the expensive
side. Doe’s is cheap and lasts a long
time. It has a strong odor and is a bit
messy on the hands, but it really
cleans the plugs. I even use it on my
wedding ring. I recommend cleaning
the patch cords once a month no mat-
ter how much they are used.
Cleaning the jacks is a whole
other story. If you keep the cords
clean, the jacks stay fairly clean if they

.F lllustration by Milton Reyman

should be used spar-

ingly. The bad side of
the burnishing tool is that it can wear
down the contact if used exceedingly,
and small amounts of metal can fall
into the jack, possibly creating a
short. These tools are wonderful when
used in moderation.

All of the above has to do with
jacks and plugs made with brass.
Mogami makes a wonderful patch
cord that uses a Neutrik nickel-type
alloy that does not tarnish easily. 1
have been using them for about two
years and think they are wonderful.
Polysand is great for cleaning these
plugs when the patch cord has been
sitting in a cup of coffee overnight.

As you may now be aware, there
is not a lot to the patchbay. It is just
real important to purchase quality
jacks and plugs and to keep it clean.
Not much else to do.

Until next time, stay connected. E®

Richie Moore, Ph.D., of Novato,

CA, covers studio maintenance
techniques for EQ.
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LA L S SN K- N B MIXING

Remixing Redux

marketing in the music business,

remixing is taking over as the
major record company strategy in try-
ing to guarantee exposure and success
for a new single release.
Here’s a list of some of the most
important pointers in the process of
mixing a song. They’ll help you save
time, budget money and have your
remix come out hassle free, and hope-
fully, sounding slammin’.

IN THESE DAYS of multi-format

Simple strafegies to help
you get the most out of
remix.

BY TUTA AQUINO
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@ A few basic items should be on
everyone's checklist: Healthy Time
Code/SMPTE, click tracks (whenever
possible), tones (1 kHZ, 10 kHz and
100 HZ), and track sheets. Believe it or
not, most of the time, one out of four
of these essentials is forgotten.

B It is always good to organize your
slave reel so you have sets of compos-
ite mixes of drums, keys, bass and
vocals. It is also good to make a sec-
ond slave pass of the song on your
slave reel. At the last minute, you
might want to whip up an alter-
nate set of tracks for production.

@ When choosing an overdub stu-
dio, make sure you know how the
room sounds in relation to the mix
room you are using for the project.
You don’t want any surprises when
you get down to mixing. Try to rely
on the same set of nearfield moni-
tors in both studio environments.
Don’t rely so much on big speak-
B ers.

B Try to hire a studio, programmer
and an engineer for your overdub
date who are used to working with
the kind of music you're produc-
! ing. This will ensure that most of
| the equipment you will need will
be available and that the person-
s nel will be most effective both in
time and usage of equipment. Cre-
ate a “team” consisting of pro-
grammer, engineers (both for
overdub and for mixing) and
recording studios. This will help you
in creating your “sound,” which
should be the basis for getting hired
for work.

@ When trying to add to the origi-
nal production of a song, you have to
worry about locking to the tempo of
the song. Two scenarios could come
up:

A) You get lucky and get a click
track on the original master. Piece of
cake! All you have to do in this case is
create a tempo map using the existing
click and a sync box like the Roland
SBX-80.

B) You have to sweat it and try to
create your own click track. Big hassle!
This puzzle could take a while to sort
out. But there are various ways to deal
with the situation. 1) You can use a

couple of pieces of equipment that
will put out a click from “seeing” all of
your tracks or a combination of a few
of them, namely: Garfield’s Human
Clock, Aphex’s Studio Clock and The
Russian Dragon. 2) You can try to
manually play a click. Very time con-
suming! 3) You can use a combination
of delayed click and snare tracks, and
a couple of very fast fingers on mute
buttons. 4) Or you can use a very elab-
orate but effective rig consisting of a
combination of Trigger to MIDI boxes
and computer with Performer soft-
ware.
B When printing your new tracks on
the slave reel, be sure to organize
them so a minimal amount of cross
patching has to be done at the mixing
stage. Try not to make composites of
tracks, especially drums and/or per-
cussion, to avoid mixing headaches.
This way, you will also have more flex-
ibility.
B Try to split your schedule in three
12 hour days. One for your overdub
date, one for setup of your mix, and
the last day to fine-tune and print
your mixes and various passes.
Recording studios, in this day and age,
are more than willing to deal, so press
the issue and split that 24 hour lock-
out in two 12 hour periods.
@ A personal preference is to make
use of tape compression when print-
ing kick drums and bass tracks, espe-
cially the fat analog sounds of old syn-
thesizers. Also, I am still an advocate
of analog two-track 1/2-inch at 30 ips.
Usually, I print the mixes on DAT and
transfer the final or edited versions to
tape. | find +6/185 alignments give the
necessary room and best results.
W Finally, it is always hard to keep
whoever hired you for a job off your
back, but with the use of some diplo-
macy, you can gain their confidence
and buy yourself some peace of mind.
Nothing worse than having the A&R
person, artist or manager breathing
down your neck while you're trying to
receive those inspirational vibes from
the music gods.

Be creative and trust your
instincts. It always works. Good luck
and good sounds! E@

Tuta Aquino is the owner and
operator of Prime Cuts in Man-
hattan, a 24-track/MIDI record-
ing studio.
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continued from page 12

encounter is addressing the individual
gates.

An automatic mixer usually pro-
vides its own mix output, and may
only accept microphone inputs. If you
are also able to extract gated signals
from each channel, the automatic
mixer could be placed between the
mics and the console inputs. If, in
addition, the automatic mixer will
accept line-level input signal, then the
automatic mixer could be connected
to the console insert points.

Incidentally, the gate functions of
Biamp’s automatic mixer are provided
by a unit which is separate from the
mixer itself. The Auto Gate, as it is
called, not only accepts line-level
inputs and provides separate gate out-
puts, but does so on a three-conduc-
tor jack, which interfaces to a stan-
dard three-conductor Patch/Insert
jack using (1) three-conductor 1/4”
Phone cable.

The major determining factor on
whether or not you use an automatic
mixer/gates on your main or monitor
console is: does it eliminate unwant-
ed noise without cutting off the
desired signal or being audible in its
function?

Jay Bradshaw, Marketing Support

Biamp Systems

Q My question concerns sig-
nal-to-noise ratio with outboard
effects processors. While my dry
mixes are good, as soon as | turn
on my effects modules, Voilal, a
cornucopia of noise. How do you
determine the optimum settings
for the (a) Aux Send (individual
and Aux Outs); (b) input and out-
put levels of the effect; (¢) internal
output setting (e.g., the master
effects mix level on the Alesis
Quadraverb); and (d) the console
Aux Return?

Jeff Jacob, Corinna, ME

A Your letter states that your “dry
mix is usually very acceptable” indi-
cating that the gain structure of your
effects device, not grounding, is the
most likely problem. At least, you
won’'t have to tear your whole studio
apart and rewire it to fix a gain-struc-
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ture problem. (Troubleshooting rule
number one — always check the easy
stuff first).

A signal processor has a dynamic
range that is dictated in part by the
analog-to-digital (A/D) encoding pro-
cess. Most processors currently avail-
able use 16-bit encoding. The dynam-
ic range of an A/D is 6 dB per bit,
which results in a theoretical dynam-
ic range of 96 dB (16 bits x 6 dB = 96
dB). Theory and practice rarely yield
the same results, so actually, the dig-
ital signal processor will have dynam-
ic range performance of 75 dB to 90
dB. Of course, these processors are
probably going to be connected to an
analog mixing console with dynamic
range greater than 110 dB.

So how do we best fit the 75 dB
dynamic range of the processor into
the 110 dB dynamic range of the con-
sole? If we send too much signal to
the input of the processor, the result
will be clipping. Over-driving a digital
processor results in a particularly
nasty sound, so most audio system
operators tend to go too far in the
other direction to avoid it. And what
lies in the other direction? The noise-
floor of the processor.

Noise is less objectionable than
clipping and is frequently dismissed
as an inevitable by-product of a
“noisy” processor. The fact is that
many owners of digital processors
never actually use more than 12 of the
16 bits they paid for. When too little
signal is sent to the input of a proces-
sor, the result will be a low-level out-
put signal. In order to get enough
effect into the mix the engineer will
then increase the gain of the effect
return. This brings the effect to the
desired level, but also brings exces-
sive (and unnecessary) noise to the
mix. Here's a method of steering
between the Scylla of clipping and the
Charybdis of noise [check your
mythology books, readers|:

In the following example we are
going to add reverb to a synthesizer
track. The digital reverb is being fed
from the console’s AUX 1 bus. The
stereo outputs of the digital reverb
are being returned to the console’s
AUX RETURN 1.

/Match the input and output levels
of the console with the input and out-
put levels of the digital reverb. Many
processors have inputs and outputs

that can be set (via rear-panel switch-
es or front-panel level controls) to
match the input and output of either
professional audio equipment (+4
dBu) or instruments and home
recording equipment (-20 or -10
dBu).

\/Check the owner's manual for
your console and digital processor.
Match (as closely as possible) the
input level of the processor to the
nominal output level of the console.
Let’s use the Yamaha MR1642 console
and Yamaha SPX90 as examples. The
rear-panel markings of the mixing
console indicate that both the AUX
SEND and the AUX RETURNS operate
at a normal level of +4 dBm. This tells
me that the SPX90 input and output
level switches should both be set to
+4 dB.

/AUX RETURN fully counter-clock-
wise. We'll get back to it in a moment.

\/Channel AUX SEND to nominal
(about 2 o'clock or two thirds of the
way clockwise).

/Play back the synthesizer track
and bring the AUX SEND MASTER to
nominal (about 2 o'clock) or bring up
the AUX SEND MASTER until the
PEAK LED in the AUX 1 Meter flickers
during the loudest passage.

/Continue to play back the synthe-
sizer track and adjust the reverb pro-
cessor's INPUT LEVEL control while
watching its input meter. When the
synth track hits a dynamic peak, the
top segment of the processor’'s LED
meter should flicker briefly. To get
the best signal-to-noise performance,
try to operate the processor as close
to clipping as possible without actu-
ally getting into clipping.

/Slowly increase the level of the
AUX RETURN until you hear the
desired amount of reverb in the mix.
You will probably find that the AUX
RETURN is being run at a much lower
level than previously used. Listen for
clipping distortion. If you hear it,
slightly reduce either the console
AUX SEND or the processor INPUT
LEVEL controls just enough to elimi-
nate the clipping.

/lf more than one input channel is
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