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ATTENTION STOP MOUSING AROU
STE'NBERG Touch-sensitive motorized Penny &

MOTU
& OTHER DAW USERS

GET SUPERCHARGED WITH UAD-{

£ SAW Studio v2.6e and higher

A BONUS AD-WITHIN-AN-AD for our powered
plug-in suite and accelerator card. Even the fast-
est computer bogs down when you try to run multiple
instances of complex plug-ins like reverbs. The UAD-1
supercomputing PCI card takes the processing load

off your CPU so it can run Cubase.

Nuendo, Performer and other programs
at maximum speed.
You get six awesome plug-ins from

the modeling wizards at Universal Audio
including RealVerb™ Pro (possibly the finest sound-
ing reverb ever). spot-on emulations of clessic analog
processors like the Teletronix LA-2A™ Leveling Amp,
Pultec Filter and 1175™ Limiting

— |
3 AD-I  Amp and the award- == =

-3 Py W3S = : ’ . RTS8
~ o winning Nigel™ Guitar D — :
lm___ s Modeler. Demo the ——— ~- i | [ —

it e . UAD-1 package - / | ;“-QT“

> E =" today or visit f i R e g
S e www. mackie.

N\ ez com/UAD-1

UAD:t POWERED PLUG-INS RUN O
WINDOWS™ 98, ME, 2000 & XP
Eagic Logic Audia

Stainbzrg Cobase

Stunberg Nuendo

Steinbeng Wawelab

0-Sound RT Player Pro : Lo K. 4 : m / ' ’ i?,l-'
Ableton Live

UAD-1 POWERED
PLUG-INS RUN ON
MAC™ 0S 9x

Steinberg Nuendo
Stemberg Cubase

Emagic Logic Audio

BIAS Peak 2.63 and higher
BIAS Deck

BIAS Vbox

Emagic Wavebumer Pro

Spark FX Machine Until now, million-dollar consoles were the

Ableton Live / only place you found Penny+ Giles® faders. They re the best in the world.
AudioDesk P&ﬂﬂyf@/es Andyou get their silky-smooth performance wﬁen)ou buy a Mackie Control.

7 2002 MACKIE BESIGNS INC. ALL RIGHTS RESEAVED "MACEKIE " AND THE "RUNNING MAK FIGURE” ARE
REGISTERED TRADEMAAKS OF MACKIE DESICNS INC. ALL OTHZR TRADEMARKS ARE PROPERTY OF THEIR ({
RESPECTIVE COMPANIES. IN CASE YOU'RE ACTUALLY READINE THIS. WE D JUST LIKE TO SAY THAT ON THE i ;

DAY THIS AD WAS WRITTEN THE SUN WAS ACTUALLY SHINING 1K SEATTLE. WHICH RAFELY HAPPENS
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ND. EXPERIENCE MACKIE CONTROL.

Giles®faders and direct mapping of all major program parameters!
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GET IN TOUCH WITH YOUR DAW.

ONCE YOU'VE USED A MACKIE CONTROL,
you'll never screw around with those little on-
screen faders again. Mackie Control™ is the only
control surface with direct mapping (and cus-
tomized Lexan overlays) for Steinberg Nuendo,
Cubase SX/SL, MOTU Digital Performer.
Mackie Soundscape 32. plus other DAWs.

You run every important function of these
programs with real buttons, rotary encoders,
transport controls and a jog/shuttle wheel. LED

and LCD displays show T
9 - - o
your settings and ma . e,
. = O Oy
track titles at a — N R
- "d’ ﬂ':" N ~
glance. Bank 3 >,
N . -— 4 gl
switching lets you IRPX oas s :
control as many e - :
)
channels as your _
DAW supports.
Eight-channel 3
Mackie Extend- g ¥ )
ers let you add more 5V Leian
a—— ocerlays for Macke

Control'« master ection
customize your music pragram s
matn functions.

faders to your system
as needed. Mackie
Control is also the only control surface to feature
premium Penny & Giles touch-sensitive, motorized
100mm faders that let you make level and auto-
mation changes on the fly just by moving a fader.
Put an end to mouse mania. Check out
Mackie Control™ today at your dealer or on our
website at www.mackie.com/mackiecontrol

= = ENHANCES PRODUCTIVITY WITH

MOTU Digital Performer (Mac)
Steinberg Nuendo (Mac & PC)
Steinberg Cubase SX & SL (PC)
Mackie Soundscape 32 (PC)

MAPPING SOON TO

Cakewalk SONAR 2 (PC)
Syntrillium CoolEdit Pro rc)

log onto www.mackie.com’ mackiecontrol for latest
software availability — more ave coming soon!

1.800.898.3211 « www

.mackie.com
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SPARK FX MACHINE

PC e Mac0S

Virtual Multl-FX Processor and VST Synth 3
Generator with 21 native Piug-lns and
modular Synth Kit — supports any VST
application on Mac or PC.

VST

SPARK XL 2.5
Mac0S » 0SX
The hi-end Spark with even more features
including Native Audio Restoration,
Direct 1/0 support and Native Bundie
(28 Band Graphic EQ, 10 Band Parmmneities
EQ. Reverb, Compressor/DeEsser, Filtratar
and Limiter).

VST

NATIVE BUNDLE 3.0 NEW

PC * MacO0S  0SX

Professional native Plug-in buadle At_or"

and PC with 28-Band Mastering Graphic 8

10-Band Parametric EQ, Native Reverty PLI

Filtrator Filter Plug-In, Limiter, Comprésss
NA_T'VE BUNDLE Deksser incl. SoftSat Vintage Emulations

ASSIMILATOR
PC » Mac0S « POWERCORE

e POWERCORE
THE OPEN DSP PLATFORM FOR MAC AND PC

= PSR
ASSIMILATOR
Stop compromising. Unleash pro studio power inside your native recording
environment. Run 24/96, multiple reverbs AND compressors AND synthesizers -
without maxing out your CPU. PGWERCORE’s unique design with 4 industry-
standard Motorola DSPs plus onboard PowerPC™ provides that power and more.
POWERCORE
The open DSP Platform for Mac and PC.
Includes MegaReverb, EQSat, Chorus/
Delay, Vintage Compressor/Limiter and

PowerCore (01 Synth. Seamless imtegration
with any VST or MAS sequencer.

Fill up your virtual racks with rackmount-quality processors right out of the box:
lush TC-quality reverbs, smooth chorus/delay, vintage compression, de-essing,
a complete vocal channel, mastering EQ and even a virtual analog Synthesizer.

All inclusive — and no significant hit on the CPU! Need even more power?

Add another POWERCORE. And as if that’s not enough, pick your favourite tools
”’2‘\ from the growing number of 3rd parties, such as SONY, D-SOUND, WALDORF -
~ and many more to come! Join the party.

PC « Mac0S « POWER
The Vocoding instrument with :
WALDORF sound. Up to 100 hanas o NEW

vocoding and 8-voice prrvee-Plug-In
for external input. -1 CLASSIC VERB
The alternative classic

reverb sound — now
included with POWERCORE!

(available autumn 2002)

D-coder

Waldout

MASTER X3

PC * MacO0S$ « PO
The virtuat Finatizer far
3-Band solution with-Exp
Compressor and Limite

TC MASTER X*

MEGA REVERB €Q SAT CHORUS DELAY  VOICE STRIP VINTAGE CL POWERCORE 01




SONY OXFORD OXF-R3 EQ
The OXF-R3 EQ for POWERCORE

now brings the renowned Oxford quality
to VST platforms. This 1s the only EQ

HHITICE

www.sonyplugins.com

| =

s vt it

WALDORF D-CODER

The Walderf Vocoding instrument with
Jp to 130 Bands of wiending and integrated
Swvaice synthesizer. Distributed by TC Works.

breathes new life into otherwise

DSOUND VLZ =T 4
DSound VL2 Multichannel Valve Interface & . .
=
clinical digital recordings.

DS £ VL2 Murticnannet Varve intectase

www.dsound1.com

MASTER X3

Compilete Mastaring processor -
the vi-tual Finalizer (TM)

for Knock-out Punch.

Ingludes 24/96 processng

and @itherning.

ASSIMILATOR

Luarns commples EQ cures and
proceaes hemn on taged mltenal
Intiudes Marphing betwoen

2 tomples curves.

(hrom petubar 2002)

RESTORATION SUITE

Based on all-new technaiogy -
DeNung. DeClickng an® DeScratching toots. P 0 W E R c 0 R E &,,_Q\
thmam hevember 2902) PRODUCTION POWER =

FOR MAC AND PC.

System Requirements: Mac/PC, POWERCORE, VST/MAS Sequencer.

wuww. fceworks. ge

Into Phone: US 805 373 1828 © TC WORKS Soft- & Hardware GmbH 1999 ~ 2002. ALL PRODUCT AND COMPANY NAMES ARE TRADEMARKS OF THEIR RESPECTIVE HOLDERS. ALL SPECIFICATIONS SUBJECT TO CHANGE WITHOUT NOTICE. ALL RIGHTS RESERVED,
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COVER STORY: BRIDGING THE GAP

Many professional engineers are convinced that tracks
recorded at 88.2 or 96 kHz sampling rates sound better than
those done at 44.1 or 48 kHz. But is the improved sound
worth the upgrade costs and interconnectivity hassles?
Contributing editor Michael Cooper takes a close look at the
state of the art, elucidating the problems, pitfalls, and
potential solutions for equipping your studio for
high-resolution audio recording.

By Michael Cooper

PRODUCTION VALUES: FIGMENTS BECOME REALITY

Late Show with David Letterman drummer Anton Fig displays
his formidable musicianship and production skills on his
debut solo album, Figments, which spotlights numerous guest
artists. Fig takes EM behind the scenes into his personal studio,
built in a tiny room in his Manhattan apartment; reveals how
he crafted Figments; and shares his production insights.

By Matt Gallagher

MASTER CLASS: VIVA VEGAS VIDED

Don’t gamble when a deadline for your audio-for-video
project approaches. We show you surefire post-production
techniques that harness the powerful features in Sonic
Foundry’s Vegas Video 3.0 multichannel digital-audio and
video recording and editing software. g 2 :
By Jeffrey P. Fisher —_— _ Cover lnstration by David Ball
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TECH PAGE: Perchance to Dream

Customized, computer-generated music helps insomniacs to sleep.

PRO/FILE: Cause and Effects

Tyondai Braxton puts effects pedals to the metal on his debut album.

DESKTOP MUSICIAN: The Sound of Silence

How to deal with noise pollution in your computer-based studio.

WORKING MUSICIAN: Stop the Presses

Make sure your CD packaging is legally and technically sound.

FINAL MIX: I've Got It Good (and That Ain't Bad)

Cultivating one’s sense of quality is essential to creating works of art. . .

REVIEWS

Q6  NOVATION K-Station analog modeling synthesizer
106 STEINBERG WaveLab 4.0 (Win) multitrack audio editor

1 1 0 TASCAM US-224 USB control surface and audio interface

114 IMAGE-LINE SOFTWARE FruityLoops 3.5 (Win)

loop generator/sequencer

124 KORG Triton Studio keyboard workstation

132 MACKIE DESIGNS UAD-1 Powered Plug-Ins 2.2.2 (Mac/Win)

DSP card/plug-in bundle
138 ELEKTRON Machinedrum SP8-1 drum machine
146 RGCAUDIO Pentagon 11.21 (Win) software synthesizer

152 LINE 6 GuitarPort guitar amp and effects modeler/

instructional device

1 5 8 QUICK PICKS: summit Audio TLA-50 Tube Leveler tube COMpressor;
Valvotronics Tube Amplified Direct Box tube direct box; Alesis
airSynth gesture-controlled synthesizer; Vintaudio Giga Clean Electric
Guitars (Giga) sample library

www.€musician.com



FIRST TAKE

If at First You Don’t Succeed

A s the great W. C. Fields put it, “If
at first you don’t succeed, try, try, and try again.
Then give up. There’s no use being a damned fool
about it.” Any creative artist knows that sometimes
what seems to be a fine idea just doesn’t work out. If
you’re lucky, while struggling to realize your origi-
nal idea, you discover another idea that works bet-
ter. In that case, there is no shame in putting aside
the first idea and pursuing the new one. There’s
no use being a damned fool about it.

This month’s cover story, “Bridging the Gap” (see
p- 38), is a good example of Fields’s point. Initially, author Michael Cooper and
I had planned to do a roundup of 96 kHz digital-to-analog converters. We looked
at the available DACs designed for audio production, narrowed the field to a
manageable number of products, and started accumulating test units.

Before long, though, I started fielding phone calls from a vexed Gooper, who was
having a devil of a time coming up with a reliable, low-jitter, multitrack system in
which products from different manufacturers interfaced properly, supported a
large number of tracks at 24/96, and operated as smoothly and simply as they
would in a lower-resolution system. Cooper attempted to get answers from a
number of engineers and tech-support folks who worked with high-resolution
audio. He found some answers, but many issues remained unresolved.

Eventually, Cooper started questioning whether he could—or should—complete
the project as planned. Although he was well aware of new, high-resolution delivery
media and understood the advantages of archiving a high-resolution original
for future releases, he also knew that most projects are still being mastered for de-
livery on 16-bit, 44.1 kHz CDs. He wondered whether going to 96 kHz at this
time was really worthwhile.

As he continued to test converters and discuss the issues with converter-design
engineers, mastering engineers, and others, Cooper learned more about the tri-
als and tribulations of 24-bit, 96 kHz production and how to overcome them.
But many issues remained, and conducting meaningful comparative tests of high-
resolution DACs was still a formidable challenge.

At last, Cooper called me up and told me that he had learned far more about the
issues surrounding migrating to 24/96 than he had about which 24/96 converters
performed best. Perhaps, he mused, the problems, solutions, and underlying is-
sues were the real story. After some back and forth discussions to develop the idea,
I gave him the green light. The result was “Bridging the Gap,” yet another fine
Michael Cooper effort.

The studio world is inexorably moving to 24/96, and a roundup of high-reso-
lution DAGs is still very much of interest. But it’s wise to figure out how to make
a high-resolution system work properly before leaping into acquisition mode,
and you need to know you’re ready to make that leap. Otherwise, you may be set-
ting yourself up for expensive frustration, and there’s no use being a damned fool
about it.
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“This changes everything.

kantos 1.0 -

* AUDIO CONTROLLED SYNTHESIZER

{1r

ks

ARTICULAT

/ ARTICULATOR 3

_TIMBRAL ARTICULATOR
The heart of kantos 1.0. The articulator takes the
harmonic and formant information from the input signal
and dynamically applies it to the synthesized signal. It can
reproduce the input’s characteristics with uncanny accuracy
or warp them into a universe of mutant forms.

o

_WAVETABLE OSCILLATORS
Each wavetable oscillator includes its own
independent multimode resonant filter and chorus
generator. Additional wavetables will be available
from our website. Or create your own with pretty
much any sample editor.

TN,

_ANTE GENERAY

U

ANTARES AUDIO TECHNOLOGIES 231 Technology Circle, Sc

GATE GENFRATOR
The Gate Generator gives you control over thc
triggering and duration of the envelopes as well as
retriggering the oscillators’ wavetables. Also included
is a variable- threshold noise gate to help clean up any
annoying background noise in the control audio.

- -

rom the company that revolutionized

vocal intonation processing comes
kantos 1.0, a software-based synthesizer
that finally liberates you from the tyranny
of MIDI, keyboards, controllers or, in fact,
anything that stands between you and the
music you hear in your mind.

kantos 1.0 is controlled by audio. Any
pitched monophonic audio.* Like your voice.
Or a musical instrument. Live, in real time.
kantos 1.0 analyzes incoming audio and
instantaneously extracts pitch, dynamics,
harmonic content and formant
characteristics. This information is then

used to control the kantos 1.0 sound
engine. In ways never before possible

with a conventional MIDI synth.

To learn more about kantos 1.0, visit our
website at www.antarestech.com for audio
demos, guided tours and more. Whether you
are looking for an alternative to traditional
controllers, or are looking to produce
electronic music with a level of sonic
innovation and dynamic expression that's
simply not otherwise possible, kantos 1.0
will, quite literally, change the way you
make music.

*Actually, kantos 1.0 can also respond to unpitched or
polyphonic input. While the output isn't always predictable,
it's rarely less than interesting. And particularly with
rhythmic input, you can get extremely dynamic
(and sometimes downright surprising) results.

A&ARBS

WHERE THE FUTURE'S
STILL WHAT IT USED TO BE

otts valley, CR 95066 USA

voice: 831 461 7800 | info@antarestech.com | www.antarestech.com




% Envelope modeling at its best. But why should we rave about our Transient Designer,
when we can let these (paying) clients do it for us ...

Ed Cherney (Rolling Stones, Bonnie Raitt et al): “It used to take me hours to get a snare
sound—with the Transient Designer | only need a minute.“

Richard Dodd (Tom Petty, George Harrison et al): “It's a great tool, a wonderful device... it
does things nothing else can. It's a permanent part of my must-have rack."

David Reitzas (Madonna, Shakira et al): “Such a cool piece of gear—everyone | show it to
is blown away by what it does.“

Simon Phillips (Toto, you name ‘em...): “The Transient Designer really rocks! | love it!

spl-usa.com

Like we said: The Transient Designer* by SPL. Envelope modeling at its best.

—> All you need is imagination, good ears and three letters:

As with all SPL products, the Transient Designer is conceived, designed and hand-built in Germany
SPL USA - call free: 866 4 SPL USA » Sales Office (NPM) 909 272 3465 * info@spl-usa.com

A

Complete guides to music production from Berklee College of Music

Producing in the Home

ﬁ glnthe

Studio Pro Tools

BY 1rffv Allen By David Franz
Great for beginners! Create inspired digital amange: This comprehensive guide takes you step-by-step
ments using today's electronic and digital tmtmmentx through the entire mem process, using
mm gl pei e

jons ng ex

in any music. Revised for me Mbax and 002
Book/General MIDI Disk 50449415 Book/CD-ROM 50449526
Recondmg in the Complete Guide to
Digital Film Scoring
igomasERuddpnandVImentMeunrdJr

Mldmepedectdlm Al studio, no matter what your

budget. Inchudes advice and recommendations on
0 equipment, software, nd the est technolo fees, preparing and recording a score, publishing,

oies, plus practical tips for creating, editing, and royaltes, and copyrights.

mastering a d!(j'.al mding‘ Book 50449417

Book 50449472

To order books or locate a retailer near you:

sst erkleepress.com < 617-747-2146

Leam the art and business of wrtting music for fims
and TV, including: film-making process, contracts,
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MEET HUSIC"S HOTTEST NEW PRODUCER

Whether you're creating a simple demo disk
or full-blown CD project, Yamaha's new AW16G
digital audio workstation makes studio-quality recording

easier and more affordable than ever. Check out all you get for only $1,299*:

m 16-Track recorder w 4-Band fully parametric EQ and m Cakewalk® Sonar™ 2.0 test drive
= Record up to 8 tracks at a time dynamics on alt inputs software

. = Mastering tools m Data compatibility with AW4416
m 20GB Hard drive and AW2816 workstations

= 24-Bi A/D and D/A conversion m Integral CD-RW drive

i . m Guitar effects with amp simulatian B S SusiaD Com
s No data compression

a 2 Stereo digital 2ffect processors WDk dEhdale Gapamilities Jifei ks

You've got to work with this guy! Once again, Yamaha gives you more for less.

©YAMAHA

CREATING ‘KANDO’ TOGETHER

© 2002 Yan-aha Corporation of America, Pro Audio Products, P.0. Bex 6600, Buena Park, CA 99622, www.yamaha.com/proaudio For [terawre, call (877)YAMAHAS
Yamaha is a registered trademark of Yamaha Corporation. Al rights reserved. “MSRP
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JUST THE FACTS

' just wanted to point out a
couple of inaccuracies and omissions
in your September 2002 cover story.
“Groove Shopping.”

First, Cakewalk’s Sonar XL digital audio
sequencer includes the DR-008 DXi
Drum Sampler, developed by Fxpansion
Audio. The article text (on p. 70) and
Fig. 5 caption (on p. 66) mistakenly refer
to it as the Fxpansion Session Drummer.
In fact, the Session Drummer is a sepa-
rate tool created by Cakewalk, which is
also included in Sonar and Sonar XL;
the Session Drummer uses MIDI drum
patterns created by Vamtech Enterprises

Also, while the article went into detail
about REX files, it completely omitted
any reference to the widely used Acid
file format, which has always supported
stereo and provides arguably better time
stretching. You can also create your own
Acid loops in products like Sonar without
a separate editor. I think a discussion of
both Acid and REX file formats in this ar-
ticle would have been appropriate.

Chris Rice
Cakewalk
via e-mail

THE GIG IS UP

Thanks so much for the
Quick Pick review of my ArtistPro.com,

12 Electronic Musician November 2002

LLC, book, Studio-in-a-Box (September
2002). I appreciate the review’s thor-
oughness and thoughtful observations.

However, I would like to point out one
oversight. [Review author] Howard
Jonathan Fredrics criticizes the book for
omitting Tascam’s GigaStudio and Giga-
Sampler products from the chapter on
software samplers. The reason I didn’t
include them is because they currently
do not function as virtual plug-in in-
struments, so there is no way to insert
them into your digital audio sequencer’s
virtual mixer by way of a software ex-
tension such as Digidesign’s DirectCon-
nect or Propellerhead’s ReWire. As a
result, many studios dedicate an entire
computer to running a Giga product,
making it look more like a standalone
hardware sound module than a true vir-
tual instrument.

Tascam tells me that due to popular
demand, a software extension for plug-
ging their Giga products directly in to
your digital audio sequencer (running
on the same computer) will be imple-
mented very soon. When this happens,
I'll be sure to post a note about it on my
Web site (www.erikhawkins.com) and
mention the Giga software in the next
revision of my book.

Erik Hawkins

via e-mail
PHANTOM EXTENSION

In the Master Class article
“High-Powered Performer” (September
2002), author Rob Shrock offers a tip
about using an extension from MOTU
that he found on the Internet called
OMS Emulator. Where can I download it?

Gerald Fercho
via e-mail

Gerald—OMS Emulator is no longer offi-
cially supported by MOTU, although ac-

cording to a company spokesperson, it
works fine with the current version of
FreeMIDI. You can get OMS Emulator as
a free download from several sites on the
Internet. One of the best places is the DP
Club’s Web site at Berklee College of Music
(www.orangewaves.com/omsemu. himl).
There you'll find a detailed description of
OMS Emulator: what it does, how it works,
and how to use it.—David Rubin

BETTER LUCK THIS TIME
'v

was surprised at your answer
to Todd McKinney's letter (“Letters: No
Such Luck,” September 2002) in which
he asked about processing cards that
have built-in processing for Cakewalk'’s
Sonar, such as the Mackie UAD-1 and
TC Works TC PowerCore. I use the
UAD-1 with Fxpansion’s VST-DX Adapter
and have experienced no problems. This
allows me to use the UAD-1 with other
VST plug-ins as well as with Sonar XL or
any DirectX or DX program. It also
allows me to use VST software synths.
It’s a great wrapper and has worked with
any plug-in that I've tried. You can down-
load a fully functioning demo version of
VST-DX Adapter for free and also pur-
chase it for $60 at www.fxpansion.com.

Danny Lovett

The Loft Audio Recording

Frolick’n Music

via e-mail

POWER TO THE PEOPLE

=arry the O makes some
good points in his August essay on why
so few musicians make a living at music
(“Final Mix: You Bet Your Bottom Dol-
lar,” August 2002). We’d all like to be-
lieve talent is the key ingredient in
success, but it just isn’t so.
His mistake is assuming that solving
the problem is up to us as individuals,

www.emusician.com



(0 Cubase ¢ sSX

“See your mix ) PSS
differently.” #

“For a perfect mix you need the right mixer,

e

with an ergonomic interface, flexible routing,
and the best sound quality. Cubase SX has a
brand new, freely configurable mixer that is
fully automated and lets you mix in surround
sound ready for DVD.”

“Not just a work of art but art at work.”

.....

SHaGn 6% (oo

Find out more about Cubase SX and its new mixer at: e

www.steinberg.net »+ US 818.678.5100 - Canada 416.789.7100 Creativity First

c 2002 Steinberg Media Technolog 3



® LETTERS

Visit us on the Web at www.emusician.com,

the online home of Electronic Musician.

Online this month:
* Current issue contents
Get text files for every story.

*EM article archives
Download the text of past features,
columns, and reviews—for free!

* EM links
- The emlinks icon in vari-
ous articles indicates
that we have provided online audio
or video examples for those stories.

The example files will be posted on
the first day of each month.

* NEW! Online News and Features
section. Get the latest scoop on
the most up-to-date topics in the
industry, including info about artists
and hot technologies.

That’s what corporate America wants
you to think. We can accomplish a lot
more by banding together.

For instance, local musicians would
do better financially if they could get
more exposure. The airwaves are a pub-
licly owned resource, licensed (rented)
to broadcasters by the government. So
why is local music all but unheard on
local radio? Because the FCC has
knuckled under to the Great God Prof-
it, that’s why. The idea that radio sta-
tions should be operated in a way that
benefits their local community isn’t
even on the table.

Because we have precious little
chance of altering the deregulation
mind-set in Washington, why not act
locally? Why not boycott local stations
that don’t put local musicians in regu-
lar rotation? Stir up a ruckus!

Here’s another idea: why not tax all
chain-store CD sales? Slap a $1 sur-
charge on every CD sold in your com-
munity, and use the extra money to
fund public music and art programs—
free rock concerts in the park, the high
school orchestra, you name it. Don’t
funnel the money through the state
capital, and don’t use it to hire out-of-
town celebrity bands who suck your wal-
lets dry and then sashay off into the
sunset. Demand that concert promoters
use local opening acts with their big
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Services for EM Readers:
* Free reader service! Our reader-service card
is now online. Get the product information you
need directly from manufacturers.

*You can subscribe to Electronic Musician
and Onstage or get help with your existing
subscription.

NetStudio is an online recording-
studio center where musicians can
collaborate on recording projects
over the Internet—regardless of
their geographical locations!

tours, and boycott the concerts that
don’t. Educate your community about
why supporting local music is impor-
tant. Act locally.
You may say I'm a dreamer, but I'm
not the only one.
Jim Aikin

Livermore. CA
IDEASTO KICK AROUND

The article on techniques
for recording bass drums (“Recording
Musician: Get Your Kicks,” July 2002)
mentions phase problems when
recording a kick drum with two mics
(one inside the kick drum and one
outside a few feet away). Because the
outside mic is positioned farther away,
the signal that it picks up will slightly
lag behind the inside mic’s. The article
suggests using the mixing console’s
phase-reverse switch, which might cor-
rect a few frequencies while ruining
others. In the world of the digital
audio workstation (DAW), you can cor-
rect this type of phase problem more
effectively by slipping one track earlier
or later in relation to the other. By slip-
ping the outside mic’s track slightly
earlier in relation to the inside mic
track, the phase is correctly restored.
In the track view of your DAW, zoom in
close to see the big waves and line

them up visually. Listen carefully to
the results.

You could also use a digital delay on
the inside mic. The only problem with
this approach is that most digital de-
lays offer a resolution of only 1 ms,
which doesn’t allow you to get a small
enough delay to correct the phase. If
you had a box that could create a small
enough delay, you could correct the
phase prior to recording and merge
those two mic signals into one track.

Jon Stubbs
Latayette, CO

ERROR LOG

October 2002, “Field of Dreams,” p. 64:
In the Contact Sheet sidebar, the listing
for Event Electronics (tel. 805-566-7777;
e-mail info@eventl.com; Web www
.eventl.com or www.eventelectronics
.com) erroneously lists 4Front Tech-
nologies as the distributor of Event Elec-
tronics products and gave 4Front’s
phone number. In fact, Event distrib-
utes its own products. 4Front Tech-
nologies develops digital audio software
for various UNIX platforms.

October 2002, “Square One: Synth Pro-
gramming 101,” p. 100: Due to a printing
error, the Fig. 2 graphic is a truncated
version of Fig. 1. Here is the correct
Fig. 2 graphic.

lowpass resonant lowpass

_J\

resonant highpass

/;

bandpass band reject

WE WELCOME YOUR FEEDBACK.
Address correspondence and e-mail to
“Letters,” Electronic Musician, 6400
Hollis Street, Suite 12, Emeryville, CA,
94608 or emeditorial@primediabusiness
.com. Published letters may be edited
for space and clarity

=
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Logic Platinum for Mac 0S X is here.
Already installed in thousands of studios,
Logic Platinum is the first professional
music production software for a next gen-
eration operating system. Users around the
world are reacting enthusiastically to the
outstanding performance, exemplary sta-
bility, ultra-precise timing and extremely

low latency of Logic Platinum for 0S X. Not
only this, but 0S X drivers for Emagic's USB
hardware products are available as well,
making the switch to 0S X even easier. Get
hold of Logic Platinum 0S X and experience
the very latest in music production tech-
nology. More information from specialist
Emagic dealers or direct from Emagic.

Technology with soul.

logic series

Music Production Software

L




_FRONT PANEL

Download of the Month 5, cen sasso

~ A

Downloadable soft synths are pop-
ping up everywhere, but Crystal
(Mac/Win)—a freeware VSTi from Green
Oak (www.greenoak.com)—has several
unique features that set it apart. A quick
look at its user interface will tell you that
Crystal is no ordinary synth. Its control
panel is organized into five pages: one
page for each of Crystal's three sound
generators (referred to as Voices, but not
to be confused with voices in the sense of
polyphony), one page for its highly flexible

modulation matrix, and one page for
effects and output mixing. The features
on those last two pages are what make
Crystal unique.

Crystal’s sound generators run on a
single oscillator with five waveforms,
including noise and a saw-pulse mix.
An optional second oscillator can be
switched on for frequency modulation.
The oscillator section is followed by a 24
dB-per-octave lowpass filter. Both the fil-
ter and the output amplifier have nine-
stage break-point envelopes, and in the
case of the filter, you can set the low and
high end of the envelope's range. The en-
velopes can also be looped to create a
kind of draw-your-own LFO.

The Modulation Matrix lets you route six
LFOs, two additional nine-stage envelopes,
and a variety of MIDI messages to almost
any Crystal parameter. The LFOs and en-

velopes can be synced to the host’s
tempo. With that much syncable modu-

tion, as many of the factory patches

times. What makes it unique is the complex

Voices is fed.into a 4-band crossover. Next,
theére's a separate send from each voice

lation, Crystal is capable of a lot of mo-

illustrate.
The output section consists of four feed-
back-delay lines with tempo-syncable delay

routing available. First, a mix of the three

and each crossover band into each delay
line. In short, you can devote each of the
delays to a custom mix of voices and
crossover frequency bands.

Hearing is believing: the MP3
file “Crystal” is made of five Crys- '”
tal tracks with no other effects or sounds.
While you're visiting Green Oak’s Web site,

check out the company'’s free effects plug-
ins..Delayifier is especially interesting.

TP oo g o e g o e

Getting Started with EQ Plug-Ins

The EM Cool Tip of the Month is presented courtesy of Cool Breeze Systems.

Cool Tip of the Month

Focusrite®

Getting the most from EQ often means leaming to coordinate
your ears and eyes with the math centers of your brain.
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You recently bought a new DAW
and laid down a few tracks, and

now you're ready to bang out a mix. But
when you solo the kick, snare, toms, hi-
hat, overheads, and bass, they just
don’t pack the punch you had hoped
for. EQ to the rescue!

Equalizers can be a powerful tool for
shaping the tone of your mix, but when
you grab a knob for the first time, they
can be a little confusing. Here's a tip for
getting started on your tone-shaping ad-
ventures. I'll be using Pro Tools in this
example, though the general concepts

apply to most DAWSs, including Cubase,
Digital Performer, Logic Audio, and Sonar.

1. With a multitrack Session open,
click the Solo button on the track you'd
like to equalize first.

2. Select a region (maybe a four- or
eight-bar phase) and choose the Loop
Playback option from the Pro Tools Op-
erations menu. Make sure that the Link
Selection button is enabled.

3. Insert a multiband EQ on the track
you'd like to equalize. In most cases, EQs
are inserted in-line on the channel that
the audio file is playing back through.

www.emusician.com
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Band on the Web

0 ne of the ways a band can maximize
the time a visitor stays at its site is to
create something more than just a place to
hawk merchandise. Such a site belongs to
the band superjuice (www.superjuice.net),
composed of Andy DiSimone (vocals, gui-
tar, keyboards), Rick Heins (guitar, vocals),
Bob Troia (bass, vocals, keyboards), and
Pete Gilbert (drums, vocals).

Superjuice’s four-song EP, Last Against
the Wall, features intelligent pop lyrics mar-
ried to intricate yet driving orchestrations.
“Humble State” and “Listen,” for example,
are reminiscent of the post-Squseze work
of songwriters Chris Difford and Glenn Til-
brook. “Need It Now"” features processed
drums and vocals for a more coniemporary
electronic feel, and “Shine” has a catchy,
anthemic, wall-of-sound quality.

Superjuice’s Flash-based pages are clean
and well organized, and they graphically tie in

By Gino Robair

7|

Dio music jomrnal forum  contact

to the band's CD. The front page in-
cludes transport controls (so you can
hear the band's music right away from a
streaming player), a link for purchasing
the CD, and a window that displays the
latest news and schedule of appear-
ances. If a visitor wants to dig deeper,
the five main links—Bio, Music, Journal,
Forum, and Contact—are easy to locate.
“I did the design and programming
by myself, says Troia, “but the entire
band had input regarding site struc-
ture, functionality, colors, and look and feel.
We went through three design iterations,
and the site took about one and a half
months to build from start to finish.” In ad-
dition, members of the band contributed
the photos, which are placed behind the
text and help give the site a relaxed feel.
The main purpose of a Web site is to get
the word out about gigs and releases. “We've
done a lot of online promotion to drive traf-
fic to the site and build awareness of the
band,” says Troia. “We've used online guer-
rilla marketing tactics, such as posting give-
aways on music-related message boards.
We've also worked on optimizing our search-
engine rankings and getting listed or fea-
tured on the popular independent music
Web sites. Additionally, we have built up a
large mailing list, and we put out regular
newsletters—in both HTML and plain text—to

keep fans up-to-date”

4. Set your monitors to a conservative
level and press the Spacebar to begin play-
ing a loop of your selection.

(When you first begin using equaliza-
tion, one goal should be to develop your
ears so that you can relate numerical val-
ues [frequency in hertz] to what you are
hearing. To help train your ears, try sweep-
ing through the frequency spectrum while
exaggerating the gain of specific bands.)

5. In the EQ plug-in window, increase
the gain of a midband Peak (parametric)
EQ to, say, +8 dB. Be careful to set monitor
levels so that you don’t clip the signal or
damage your gear or your ears. Adjust the
Q {bandwidth) to a medium setting.

6. Sweep the frequency selection from

the low to high settings. Notice how the
tonal quality changes and what frequen-
cies bring out the boom, ring, mud, snap,
and sizzle in the track.

This little exercise should help you iden-
tify the track’s tonal qualities and give you
a picture of which frequencies to boost or
cut to achieve the desired sound.

—Steve Albanese

Make sure to check out the CoolSchoolOnline
library streaming movie of this tip to view this
procedure and additional automation options.

Visit www.emusician.com/cooltip for this

online adventure. Also, if you dare, take the

quiz to review what you've learned!

For more EM Cool Tips, visit our Web site at www.emusician.com.

Hey Changes

By Marty Cutler

Apple Computer (www.apple.com)

has introduced a new iPod se-
ries. The 20 GB model ($499) can
hold a maximum of 4,000 songs. Win-
dows users can now purchase the unit
and receive MusicMatch Jukebox

| software, which allows them to man-

ually transfer individual songs or to
do batch transfers of entire playlists.
it’s also possible for Windows users
to use Apple’s Auto-sync technology to
update iPod playlists . . . For $229,
registered owners of Emagic EXS-se-
ries samplers, Steinberg HALion, or
Tascam Giga-series samplers will be
able to crossgrade to Kontakt, a soft-
ware sampler from Natlve Instruments
(www.native-instruments.com) . . .
Delaydots.com (www.delaydots.com)
has changed the name of its Spek-
tral plug-ins pack to Spectral to avoid
confusion with Native Instruments’
Spektral Delay . . . Shure Incorpo-
rated (www.shure.com) has created
a Global Support Services division to
centralize and enhance end-user sup-
port
.tcelectronic.com) announced dis-
tributorship of products from Lab
.Gruppen AB. The Swedish company
is best known for its line of ampli-

TC Electronic (www

fiers . . . Tascam (www.tascam.com)
has announced a version 2.0 upgrade
for its 788 portable digital studios
that supports import and export of
WAV files, higher-capacity hard drives,
and the ability to burn multiple CDs
from a single disk image. There is no
charge for the upgrade to those who
purchased their personal digital stu-
dios after January 17, 2002; owners
of units acquired before that date
can purchase the upgrade for $29.99.
To upgrade units with software ver-
sions 1.06 or earlier, users will be
required to make a refundable deposit
of $25 for an EPROM swap . . . llio
Entertalnments (www.ilio.com) is the
distributor for Vienna Symphonic Li-
braries. The library gathers a mas-
sive collection of orchestral instrument
samples; updates and additions will
be provided on an ongoing basis.

November 2002 Electronic Musician 17




FUEL YOUR

TRITGN STUDIG has evoived from its rich TRITON legacy of world-class sounds, intuitive ease-of-use and towering musicality into the new workstation
standard. In fact, it's the first workstation te take you from musical idea to finished CD.

From its stunning, new, stereo concert grand piano to its many new powerful Programs and Combinations, the TRITON STUDIO is sure to fire your
creativity. And with room-for up to seven PCH expansion hoards, a DSP modeling synth and thousands of new sounds, you'll never run out of inspiration.

The TRITON STUDIO's all new Open Sampling System opens a world of possibilities. In-Track Sampling lets you sample directly into the sequencer, so you
can add live instruments and vocals to your songs. Resampling enables you to create custom loops and remixed sounds. It can also extend the TRITON
STUDIO's generous 120-note polyphony and eight simultaneous effects.

Add the internal CD-RW drive and you can burn audio CDs, import samples, save data and rip digital audio. With a built-in 56B hard drive and SP/DIF
digital /O (ADAT® & mLAN® /0 optional) the TRITON STUDIO can function as the centerpiece of your growing digital studio.

No other keybcard brings so many elements together into a fully integrated musical instrument and music production tool. The new
TRITGN STUDIO — fuel for your creative fire.
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ISOUND: HI synthesis system, 48 Mbyte ROM including new stereo piano, up to 12 note pelyphony, room for 1,792 Programs and 1,536 Combinatians

IEFFECTS: Stereo digital multi-effects system including 5 Insert effects, 2 Master effects plus 3-band EQ, 102 effects algorithms

.IIDN'ALITY: 61, 76 and 88-key versions, synthesis, sampling, sequencing, TouchView display, digital 1/0, 5 Gbyte internal hard disk, dual arpeggiators,

realtime controls, SCS interface, 6 outputs

[EXPANDABILITY: 7 PCM expansion slots (112 Mbytes), plus aptional MOSS DSP synthesis engine, up to 96 Mbytes of sample RAM, ADAT® and mLAN®

digital interfaces, internal CD-RW drive for data back-up, digital audio ripping and audio CD burning
rron T S| HORG

TRITON Le |
© 2002 Korg USA, 316 South Senace Rd., Metwilie, NY 11747 « (516) 333-8737 « wiww.korg.com « All trademarks are property of their respective owners.




TRITON Le
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The TRITON Le is packed with the powerful tools §:

technology you need to set your creative vision on
essential features of its namesake and distills them in
streamlined music workstation. Packed with exciting
as TRITON classics, the TRITON Le delivers the a
that has made Korg a mainstay in studios and on s

A comprehensive 16-track sequencer, dual po
SmartMedia storage plus a powerful sampling

an explosive musical performance at a re

F1

NEW TRITON Le 88!

The TRITON Le is now available with Korg's top of the line

8B-note graded-hammer action (RH2). To complement this
action, the TRITON Le 8B also features our new 16MB stereo
Concert Grand Piano sample set. Visit www.korg.com for more info

TRITON | TRITON ?TtEIOT’ s

© 2002 Korg USA, 316 South Service Rd., Melvilie, NY 11747 « (516) 333-8737 « W, Korg.com
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Rev Up

By Marty Cutler

Starr Labs
The Z6SP+ upgrade ($300)
for Harvey Starr’s MIDI guitar
Controllers provides user-in-
terface enhancements and new
MIDI features. The upgrade comes on a
user-installable EPROM.

The expanded Sensors menu now offers several
screens to accommodate added playing modes and
options, including screens for programming response set-
tings. Sensor responses can include the alteration of chord voicings
or preset scales based on Velocity. You can also apply Velocity to alter
small sequences, and you can loop MIDI events generated from
Sensors.

The new software offers 32 programmable fingerboard zones,
and each zone can have its own Trigger mode. For example, you
can set up zones that respond only to strums and others that activate
only with tapping; you can overlap zones to perform both functions.
Each zone can have its own response curve.

The unit's Poly-Trigger mode now
allows you to fret keys after strum-
ming to provide polyphonic hammer-
on capabilities. Every fingerboard
key can have a unique note and
MIDI channel assignment.

The upgrade offers two sequen-
cer types: one with eight-note, fixed-
length buffers and one for patterns
with variable lengths. The new
Clocks menu lets you set sequence
tempo; the 32-beat metronome of-
fers multiple accents so you can

lllllulmml.munu

customize time signatures. Starr Labs; tel. (619) 233-6715; e-mail
harvey@cts.com; Web www.starrlabs.com.

Mil Productions

Version 3.0 of Modularing standalone synthesis
and sequencing software (Mac, $320; upgrade from
version 2.0, $220) brings new modules and improved
features. Modularing ships on a USB Flash drive.

The SEQ Tracker is a new pattern-based sequencer for
composition and live performance. It features eight locators for
jumping to sequence areas during live performance. You can use
locators to structure nested loops.

Samplesonic is a stereo, polyphonic sample-playback synth
module that loads AIFF or WAV files. It offers two internal effects,
a resonant lowpass filter, three envelope generators, and pitch
shifting. All parameters support MIDI Control Change messages for
tweaking on the fly.

AudioMixer is a virtual mixing-console module for recording
Modutaring's output to disk. The mixer supports Sound Manager,

DirectConnect, and ASIO.

Improvements include four-bus ASIO routing; a more
efficient audio engine; a MIDI In LED; and
a VST plug-in that supports MIDIShare for
interapplication synchronization. Modular-
ing 3.0 also adds Net controller, which lets
you sync other Macintosh computers over
a LAN. The software requires a PPC
G3/300 MHz with 8 MB of free RAM per
module, MIDIShare Control Panel 1.86,
and Mac 0OS 8.6. Mil Productions; tel. 33-
474-025-195; e-mail support@milprod
.com; Web www.milprod.com.

TIP3

Double Your Energy
Having problems getting an important track to
cut through the mix? If adding EQ and extra
makeup gain from the compressor doesn’t give
you enough of what you want to hear, doubling
can be helpful. When you think of doubling, you
probably think of doubling the lead vocal to get a
fuller, richer sound; slight pitch variations often
make for an enticing chorus effect. But I'm re-
terring to a much easier form of doubling: copy-
ing the original track to another track.

| use doubling most often on bass and vo-

cals. By doubling the signal’s energy, you can

get more gain without maxing out the mixer's
headroom. Be sure to double the track before
processing the signal. After doubling the track,
try to put the two identical tracks on adjacent
faders so that it’s easier to bring up both faders
together. You'li notice that the doubled instru-
ment or vocal will be much more audible in the
mix, even with the two faders considerably lower
than the lone fader was prior to doubling.
Doubling often works so well that you can
use less EQ and compression than you initially

For more EM Cool Tips, visit our Web site at www.emusician.com.

dialed in. In fact, | typically process only one of
the tracks. Keeping the second track un-
processed helps maintain a more natural sound,
but having two identical tracks also grants
more creative processing options. For instance,
try compressing two identical bass tracks with
different types of compressors—one opto and
one VCA-based—or use a plate on one vocal
track and a flanger on the other. You'll have all
the gain that you need, with precious head-
room to spare.

—Brian Knave
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15 Years Ago in EM

o ur main cover line for the November
1987 issue summed it up well: “Col-
orful music through creative programming.”
Craig Anderton kicked things off with a
three-part special on programming analog
synthesizers. In section 1, he analyzed the
basic parts of a typical analog synth. Sec-
tion 2, “Shopping for a Synth,” suggested
16 less-than-obvious features to look for,
including many we take for granted today:
multitimbral operation, MIDI Volume (CC 7)
support, and onboard effects. To that, Ander-
ton added a dozen tips for customizing fac-
tory and third-party patches. Kevin Stratton
then forged into digital territory with a
tutorial on programming the DX71l FM synth.

To top it off, Anderton threw in a con-
venient patch sheet for the ever-popular
Casio CZ-101 digital synth. (Patch sheets
were charts that allowed synthesists to
manually record parameter settings.) I've
provided a copy of our CZ-101 E
patch sheet on our Web site at
www.emusician.com.

David Kempton then shifted the focus to
sampling with an article on sampling-rate
selection for the Akai S900 sampler. He
said, for instance, that sampling the lowest
G on the keyboard (G1 = 49 Hz) at 48 kHz
is a waste of sample memory, because you
won't hear the highest harmonics. The

By Steve Oppenheimer

S900 offered a staggering 4,000 sample
rates, but instead of listing rates, the sam-
pler listed the associated bandwidths.
Kempton supplied a table showing the fre-
quency of each note from AO to C8, its MIDI
note number, suggested
sampling rates, and the
bandwidth and number of
reproduced harmonics as-
sociated with each sampling
rate. The table is still handy,
so I've supplied it E
on our Web site.
Walter Daniel contributed
a story on how to efficiently
sample periodic but time-
varying sounds (such as
sounds processed through a Leslie or
phase-shifter.) Because those sounds con-
tinually change, capturing their full impact
in a looped sample is difficult, especially
before the advent of products such as Tas-
cam GigaStudio, which lets you use sam-
ples so large that you don't need to make
short loops of time-varying sounds.
Before Standard MIDI Files, you were
stuck if you wanted to use e-mail to send
music notation to someone with a different
notation program. Leigh Ann Hussey's
“Music Notation in ASCII” provided a sys-
tem for representing basic music notation

as ASCII (essentially, characters that could
be entered from a computer keyboard).
Today, that's not needed, but in 1987, it
was a clever idea.

Thomas Henry gave us a particularly
useful DIY project: a bipolar
DC power supply that could
deliver a wide variety of volt-
ages up to +15 VDC—good
enough to power most DC-
powered musical devices.
(I'm almost tempted to build
one.) Our other November
DlY, Howard Cano's “Build
SAM: A Simple Sound Sam-
pler,” is outdated now. Even
then, it was not a project for
the fainthearted.

Our review section included only a few
memorable products. The best known was
probably the Roland MKS-70, a hybrid
synth that combined digital oscillators and
control with analog circuitry. It got a
thumbs-up from reviewer Craig Anderton.
Geary Yelton (now an EM associate edi-
tor) reviewed Opcode’s powerful MIDIMac
Sequencer 2.5, a forerunner of the much-
lamented Vision. Tim Tully took a gander at
Seck’s 1882 mixing console, while Ander-
ton praised Hill Audio’s ultraclean, 16-
channel, rackmount Multimix mixer.

WP

Facts of Live Mode

If you own either a Kurzweil K2500 with a recent
operating system or a K2600 and you haven't
yet spent much time with Live Mode, you're in
for a treat. Live Mode lets you process any real-
time analog or digital audio signal the same
way you would process a sample loaded into
the Kurzweil’s sample RAM.

To use Live Made, go to the Sample Page
and set Mode to Liveln. Then select Analog or
Digital in the Input parameter (don't forget to
choose a sampling rate if you pick Analog).
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Now pick a Program to process your sound,
access the Program’s Keymap page, and as-
sign Keymap 197 (LivelL), 198 (LiveR), or both if
you have a stereo Program.

Then play a note on your MIDI controller
or send a note from your sequencer to the
Kurzweil. As long as that note is on, the pro-
cessing used by the Program’s algorithm will
treat any audio received at the Kurzweil’s in-
puts. You can pitch-shift your sound by playing
a note above or below middle C (middle C is
the so-called unity pitch); harmonize the signal

by using multiple Layers in the Program, each
pitched to a different note; or combine any
number of processing functions to alter your
sound. If you plug in a microphone and select
Backwards as the Playback mode in the
Keymap, you can hear yourself talking back-
wards. {Okay, there is a fraction of a second
delay.) Recording the output as you explore
Live Mode is highly recommended, because
you might end up with hours of new source
materiall ®

—~Dennis Miller

For more EM Cool Tips, visit our Web site at www.emusician.com.



The fastest, easiest and smartest
way to get into computer audio

US-224 DIGITAL AUDIO WORKSTATION CONTROLLER/USB INTERFACE

All trademarks are the property of their respective holders

www.tascam.com

US-224:
The affordable,
portable solution
for computer

recording

Feel like everyone in the world is deep into
computer recording — except you? There's an
easy solution: the US-224, co-developed by
TASCAM and Frontier Design Group. It's the
perfect bridge between your music and your
Mac or PC. It connects via USB, so all you have
to do is plug in your instrument and plug in
your computer. It's USB powered, so you don't
even need an outlet to get rockin'. Then start
up the included Steinberg Cubasis VST
audio/MIDI recording software and boom...
you've reached computer recording nirvana,
with all of its creative advantages. Plus, with
the US-224's faders and knobs, you can control
your software's parameters without having to
reach for the mouse.

Want a fast, easy and remarkably
inexpensive way to take advantage of
computer audio? Visit your TASCAM dealer
or check out www.tascam.com for all
the news on the US-224.

TASCAM US-224 by

FRONTIER

DESIGN
GACUP

TASCAM

a whole world of recording
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By Marty Cutler

A FONG ELECTRONIC SONICEYE

n the personal studio, it is frequently
ldifficult to locate the weak link in an

audio chain. Fong Electronic’s Sonic-
Eye ($40) makes that procedure easier
with a device you can keep on your key
chain.

The SonicEye sports an unbalanced %-
inch plug, a power-indicator LED, and
three LEDs that indicate signal level. Plug
the device in to the output jack in question
and press the power button, and the LED
shows you the signal strength when an
audio signal is present. The LEDs indicate
levels at 32, -22, and —16 dBu, but the
manufacturer provides instructions for
soldering modifications that enable eval-
uation of pro-audio-level gear.

The SonicEye runs on the type of minia-
ture 12V battery that is used for powering
car-alarm key fobs. According to the
manufacturer, the included battery will
last for approximately 2,000 operations.
Fong Electronic; tel. (208) 898-6442; e-mail
info@fongelectronic.com; Web www
.fongelectronic.com.
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> BRAUNER PHANTOM C

ransamerica Audio offers Dirk
’I‘Brauner’s Phantom C {$1,380), his

first Field Effect Transistor (FET)
mic. The mic is a large-diaphragm
condenser with a fixed cardioid polar
pattern. Brauner designed the mic
for vocals and voice-over use.

The microphone boasts 8 dBa self-
noise with 28mV/Pa cardioid sensi-
tivity and 142 dB SPL at 0.5 percent
total harmonic distortion. The two-
inch gold-sputtered mylar diaphragm
is housed in a heavy, professional-
grade, hand-machined brass case
plated with nickel.

A specially designed shockmount
lets you remove the mic easily while
also retaining effective isolation
from the stand or boom. The shockmourt
and a carrying case are included with
the microphone. Transamerica Audio

'V STEINBERG PLEX

n cooperation with Steinberg, Wolfgang
IPalm has developed Plex {Mac/Win;

$249), a VST software synth. Dubbed a
“restructuring synthesizer,” Plex creates
sounds by combining physical character-
istics of different instrument types. The
synth is capable of 64-note polyphony but
is not multitimbral.

Plex analyzes the original instrument
sample, which is encoded in a proprietary
format to produce four sound components:
lower and higher spectral properties, fil-
ter characteristics, and amplitude en-
velopes. Each element can be swapped
with the characteristics of another prean-
alyzed source to provide natural-sounding
hybrid instruments, according to Steinberg.
The synth can freely swap any of the four
elements of 33 sound sources in real time.

Group (Drawmer, API, Brauner); tel. (702)
365-5155; e-mail sales@transaudiogroup
.com; Web www transaudiogroup.com.

Plex offers three ADSR envelopes with
values for rates and levels expressed in
milliseconds and decibels, respectively.
Three LFOs offer programmable modula-
tion assignments and sync to MIDI Clock,
and a global LFO modulates pitch. Filters
are based on the unique harmonic char-
acteristics of each source file. The manu-
facturer describes the filters as being made
up of individual spectra that you can play
backin sequence, much like a film. Sounds
receive additiona! burnishing with stereo
delay and flange effects

You get 97 preanalyzed sound sources—
chosen for their acoustic, synthetic, and fil-
ter characteristics—and more than 300
preset patches. Currently, the software
does not offer end-user sound-analysis
tools. All parameters respond to MID| Con-
trol Change messages.

Plex requires a VST 2.0-compatible
host program and, on a PC, a Pen-
tium 111/600 MHz processor, 180 MB
of RAM, and Windows 2000 or XP.
Running Plex on a Mac calls for a
Power PC G4/400 MHz machine with
180 MB of RAM and Mac 0S 9 or 0S
X 10.2. Steinberg North America; tel.
(818) 678-5100; e-mail info@steinberg
.net; Web www.us.steinberg.net or
www.cubase.net.

www.€musician.com
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Get in touch with the most comprehensive,
versatile Pro Tools LE workstation ever.

FireWire connection 32-track Pro Tools LE software
with Windows XP and Mac OS

24-bit / 96 kHz fidelity sShppP ot

8 touch-sensitive, motorized faders, p
Includes buncdlecd plug-ins from

rotary encoders, scribble strips o . : 1 )
4 4 Lt Digicdesign, TIK Multimedia, Native

and meteving
3 9 Instrinnments, and Waves

18 channels of 1/0: 8 analog (with . .

Operates as a standalone digital
4 mic preamps), 8 ADAT optical,
ancd 2 S/PDIF; integrated MIDI

1/0 (16 channels in / 32 channels out)

tmixer with effects EQ, dynamics,
delay, reverb and snapshots when

not used with Pro Tools

©08/02. Digt 002, Digidesign and Pro Tools LE are trademarks or registered trademarks of Avid Technology, [nc
o 1ts subsicharies or divisions: All other trademarks are the property of their respective holders cdigidesignmn




® WHAT’'S NEW

GETSMART 4 4 4 &

4. POMONA PRODUCTIONS, INC.

omona Productions’ Interactive
pGuide to Home Recording (Mac/

Win; $59.95} is a CD-ROM that cov-
ers basic recording principles using
text, graphics, and audio examples. The
topics range from production and ses-
sion planning to creating an effective
mix. The course covers signal flow, mic
selection and placement, level setting,
dynamics processing and EQ, reverb,
and other effects.

A second component of the CD-
ROM is the Instrument Index, which
covers suitable mics and placement,
EQ and compression settings, and
other information for the most com-
monly used instruments. The CD-ROM
incluces a pop-up glossary, printable
track sheets, EQ charts, and more.
Pomona Productions; tel. {585) 582-
1128; e-mail ighr@pomonal.com; Web
www.pomonal.com.

 BERKLEE PRESS

erklee Press's Arrang-
Bing in the Digital World

($19.95) is a guide that
introduces arrangers to MiDI
and synthesizers. The book
integrates music notation,
Standard MIDI File (SMF) ex-
amples, technical definitions,
and tips. MIDI examples
arranged for General MID}
instruments accompany the

book on floppy disk.
The book starts with a list
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of definitions and moves quickly to mu-
sical styles and instrumentation. The
chapter “"How to Build an Arrangement”
starts with song form, instrumentation,
and tempo as it relates to setting up
your arrangement in a sequencer.
Chapter 4 deals with instrument
families and how to effectively re-cre-
ate them on synthesizers. You also get
brief chapters about MIDI and pro-
duction techniques, a list of suggested
songs for listening, and range charts
for various instruments. Berklee
Press; tel. (617) 747-2146; Web www
.berkleepress.com.

JOHNS HOPKINS UNIVERSITY PRESS

t's easy to forget that making music
Ihas always been in part a mechanical

process. Contemporary music tech-
nology further obscures the dividing line
between musician and mechanism. Edi-
tor Hans-Joachim Braun presents an
eclectic exploration of the relationship
between electronics and music in Music
and Technology in the Twentieth Cen-
tury ($24.95).

Topics covered range from the play-
er piano to the modern synthesizer, and
the development of vibrato technique on
the violin to the aesthetics of sampling.
An essay written by Trevor Pinch and
Frank Trocco contrasts the development
of synthesizers by Moog and Buchla and
posits that the synthesizer's eventual fo-
cus on keyboard tech-
nology limits its creative
freedom.

Author Rebecca Mc-
Swain recounts the
evolution of the solid-
body electric guitar, the
eventual rise of feed-
back as a part of guitar
technique, and the so-
ciological implications
of the acceptance of
noise as music. In all,
the book covers fasci-
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nating and unusual ground, invoking
artists as diverse as Orpheus and Gui-
tar Slim to Fritz Kreisler, Conlon Nancar-
row, and Karlheinz Stockhausen. Johns
Hopkins University Press; tel. {800) 537-
5487, Web www.jhupbooks.edu.

" MAGAUDIOLAB

rom MacAudiolLab, The Complete
FDigital Performer 3 ($95) offers in-

struction for MOTU’s Digital Per-
former 3.0. The course covers everything
from basic file-management and navi-
gation skills to advanced topics. Each of
the five CDs holds well over an hour of
tutorials.

The course provides tips and advice
on, for example, the use of Markers with
film, bouncing tracks to disk, and dither-
ing. Intermediate sections include a DSP
primer and coverage of audio transpo-
sition, time compression and expansion,

and audio scrubbing. Advanced sec-
tions explain song construction using
Chunks, the Drum Editor and its tools,
and the use of instrument plug-ins such
as Propellerhead Reason.

The fifth CD focuses on Digital Per-
former 3.0's surround capabilities, the
use of 5.1 audio files and AC3 encod-
ing, audio and video sync, hardware
control surfaces, and third-party plug-in
coverage {including Audio Ease Nau-
tilus Bundle and Metric Halo Channel
Strip). MacAudiolab; tel. (877) 587-2164;
e-mail feedback@macaudiolab.com;
Web www.macaudiolab.com.

www.emusician.com
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Out here, you're unencumbered. Free.

Not surprisingly, our wireless systems make you feel the same way.
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" Take the WMS 40 Wireless System from AKG. It’s available with

a variety of microphone and instrument adapters suitable for any type of venue. Plus,
- ™ . ™ 3 : i
our versatile microtools ~ guitarbug ~ and other wireless transmitters and receivers turn

hardwired microphones and guitars into flags of freedom. Check out all our wireless options.
Because after all, on stage, freedom’s a beautiful thing, akgusa.com * 615.620.3800
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® WHAT’'S NEW

> ROLAND Xv-2020

he half-rackspace Roland XV-2020
rl‘($695) has a sample-playback synthe-

sis engine based on earlier XV-series
synths. Its four-oscillator-per-patch ar-
chitecture draws on 64 MB of waveform
ROM culled from the XV-5050 and XV-5080
synths. The XV-2020 supports the GM2
specification and includes two card slots
that accommodate Roland’s SRX-series
expansion bhoards, allowing a total of 192
MB of waveform ROM. You get as many
as 64 notes of polyphony, and the unit is
16-part multitimbral.

As with other XV synths, you can con-
figure the four oscillators in a variety of
signal paths called structures, which offer
routings that include ring- and cross-mod-
ulation processing. You get up to four

p> MACKIE BABY HUI

nable to resist a pun, Mackie Designs
”has dubbed its newest DAW control

surface the Baby HUI ($799). The unit
retains most of the features of its larger
sibling in a smaller footprint. It sports
eight channel strips, each with a 60 mm
touch-sensitive motorized fader, a multi-
function rotary encoder, mute and solo
buttons, and a signal LED. The rotary en-
coders control pan or send levels; push-
ing the encoder down lets you select
and arm channels or engage automa-
tion. A shift button allows controls to
perform additional tasks. A familiar tape-

W GIRGULAR LOGIC INTIME

laying along with MIDI tracks is often
Plikened to working with a band that

doesn’t listen very well; a MIDI se-
quence will trudge on at an unyielding,
inflexible pace despite human variations
in timing. Circular Logic believes that its
InTime 1.05 (Win; $119) tempo-tracking
system can turn the tables on that syn-
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multimode filters per patch. The
filter types include lowpass,
bandpass, highpass, and a
peaking filter. The XV-2020 has
four-stage filter and amplitude
envelopes.

The XV-2020 includes 40 ef-
fects such as overdrive, modu-
lated delay, and enhancer, in

addition to eight types of cho-

rus and reverb. Preset memory provides
four banks of 128 patches, 256 GM2
sounds, 8 rhythm sets, and 9 GM rhythm
sets. Patches are combined in two banks
of 64 Performance memories. User mem-
ory holds 128 patches, 4 rhythm sets, and
64 Performances. The XV-2020 comes with
XV Editor software (Mac/Win), which gives
you access to all synth parameters.

recorder-style interface handles navi-
gation chores and includes Return-to-
Zero and End buttons.

drome and return tempo control to the
musician.

With InTime, you can record a se-
quence with a natural feel. The program
follows your tempo and creates a tempo
map. Composers can import sequences
into notation software for an accurate
transcription of the performance and its
associated tempo changes. The software
provides sensitivity controls that
govern how closely it follows
tempo changes. You can assign
MIDI events to toggle tracking
features on and off.

InTime also lets any prere-
corded MIDI sequence follow
tempo variations in live perform-

A USB jack lets you connect the XV-2020
to your computer. MIDI In, Out, and Thru
jacks let you press the unit into service as
a basic MIDI interface or connect the unit
to a non-USB MIDI system. The synth pro-
vides stereo unbalanced RCA outputs and
a left and right pair of unbalanced “-inch
output jacks. Roland Corporation U.S.; tel.
(323) 890-3700; Web www.rolandus.com.

The Baby HUI works with any soft-
ware that supports Mackie's HUl MIDI
Mapping protocol. The current roster of
compatible digital audio workstations in-
cludes Pro Tools and Digi 001, both from
Digidesign; Digital Performer from Mark
of the Unicorn; and Steinberg Nuendo,
as well as Mackie's Broadcast Profes-
sional Soundscape 32 and Mixtreme.

MID! In and Out connections are pro-
vided. The rear panel also contains a jack
for the included external power supply.
Mackie Designs; tel. (800) 898-3211 or
(425) 487-4333; e-mail sales@mackie.com;
Web www.mackie.com.

ance. A tempo-limiting feature sets upper
and lower tolerances for tempo fluctua-
tions. Groove Tracking lets you play
around a relatively steady tempo and im-
part subtle changes in tempo and feel.

You can use InTime to sync external
clock-driven devices such as hardware
sequencers or drum machines. Using
MIDI loopback software, InTime can con-
trol software sequencer tempos.

InTime requires a Pentium 200 MHz
computer with 64 MB of RAM and Win-
dows 98, 2000, ME, or XP. A Mac version
should be available by the time you read
this. Circular Logic; tel. (561) 302-4320;
e-mail info@circular-logic.com; Web
www.circular-logic.com.

www.€musician.com



MASTERLINK M-9600 RYTLINILEIRINIEL

Who killed Kenny's DAT?

AFTER YEARS OF DEALING WITH EXPENSIVE MEDIA, MANGLED TAPES, AND
mind-numbing rewind times, Ken bought a MasterLink. It's a 24/96 stereo
hard disk recorder, mastering suite, and CD burner all in one. It comes with a
20 gig drive for almost 30 hours of recording. Non-destructive playlists save

2002 Akesis

not only fades, gain, and start times for each track, but alse the compression
and parametric EQ that takes you from final mix to perfect master. Then when
your tunes sound just right, burn Red Book or CD24™ discs on cheap CD-Rs.
So who convinced Kenny to dump his DAT? We'll never tell.

For complete specs and a manual visit
www.alesis.com/masterlink, or call 310-821-5000
for a full-line brochure.

ALESIS

INSPIRE | PLAY | CREATE




@ WHAT’'S NEW

'V WEBSTER AUDIO SAMPLEMOVE
reating samples of your MIDI synthe-
Csizers can be a tiresome and draining
process; the problem of capturing

choose a drive and folder, and press
record. SampleMove dutifully moves
through your MIDI system, sends the as-
signed Note On and Velocity messages,
and then records and
stores samples as AIFF
or WAV files. The soft-
ware can record mul-
tiple synthesizers by
transmitting Program
Change and Bank Se-
lect messages.
SampleMove saves
files for each patch in
an individual folder that

multiple samples with precise durations
and consistent Velocities is equally
daunting. Webster Audio’s SampleMove
(Win; $129.95) is a utility program that
reduces the majority of that task to
batch-file processing.

You simply tell SampleMove which de-
vices are connected to your MIDI and
digital audio interfaces, select programs,
choose sample pitches and durations,

P MOTU 2408MK3

n conjunction with the included PCI-
I424 card, MOTU’s 2408mk3 ($995) pro-

vides up to 24 channels of 24-bit, 96 kHz
digital 1/0. The unit provides a hefty
amount of digital I/0 to integrate hard-
ware digital mixers, MDMs, or external
A/D/A converters.

The PCI-424 card lets you link as many
as four MOTU audio interfaces and ex-
pand to as many as 96 audio channels.
Because the unit's onboard CueMix DSP
assumes your host computer's audio-
buffering, mixing, and monitoring burdens,
it provides monitoring latency equivalent
to that of a digital mixer. The fact that the
DSP engine is built in to the card means
any digital audio interface connected to
the PCI-424 card shares the low-latency
monitoring benefits, including legacy in-
terfaces such as MOTU’s 2408, 2408mkil,
1296, 241, and others.

The 2408mk3 offers built-in SMPTE and
video synchronization. You can choose
Longitudinal Time Code {LTC), PAL/
SECAM, NTSC, or blackburst. The inter-
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is automatically named
after the sound. Sam-
ples contain note name and octave in-
formation, which makes it easier to map
samples to the proper key. Minimum sys-
tem requirements for SampleMove are
a Pentium 11/233 MHz computer with
Windows 98 and 32 MB of RAM. A Mac-
intosh version is in development. Web-
ster Audio; tel. (510) 533-9959; e-mail
ebiz@websteraudio.com; Web www
.websteraudio.com.

face includes a dedicated RCA timecode
input and output. However, the PCI-424's
onboard DSP lets you use any analog
input for SMPTE, and timecode can be
sent to any digital or analog output.

You can switch analog input stereo
pairs to accommodate +4 or —10 dB levels
independently. Individual front-panel
5-segment meters let you monitor every
analog input and output. You also receive
a separate volume knob for headphones
and main outs.

MOTU provides AudioDesk recording
software (Mac), which relies on the
MOTU Audio System (MAS). However, the
unit is compatible with other Mac and
Windows DAW software. The package in-

'V SAMSON $-CONVERT

amson Audio refers to its S-convert
S($164.99) as a “bump-box” because it

provides an interface for matching
audio levels between consumer and pro-
fessional audio gear. Housed in a small
stackable case, S-convert provides
+4 dBV to -10 dBu audio level convert-
ers. The RCA inputs run at -10 dBu; the
XLR outputs and inputs run at +4 dBV.
Both sets of I/0 have a level control. The
unit comes with a 12 VAC adapter. Sam-
son Technologies Corporation; tel. (800)
328-2882 or (516) 364-2244; e-mail sales@
samsontech.com; Web www.samsontech
.com.

SAMSON
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cludes drivers for ASIO (Mac/Win) and
Sound Manager (Mac) as well as GSIF
and WDM (Win). You also get CueMix
Console (Mac/Win), an onscreen mixer
that you can use in conjunction with any
recording software.

The rear panel sports seven banks of
1/0: one bank of eight balanced %-inch
jacks, three ADAT optical ports, three Tas-
cam TDIF ports, and coaxial S/PDIF 1/0.
Other connectors include word clock 1/0,
ADAT sync input {(on the PCI-424 card), a
%-inch stereo headphone jack, and a pair
of balanced %-inch monitor outs. Mark of
the Unicorn, tnc. (MOTU); tel. (617) 576-
2760; e-mail info@motu.com; Web www
.motu.com.

www.emusician.com
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E C H By Scott Wilkinson

nals, which form a map of the brain’s sleep: perchance to dream. @
electrical activity in different areas. ~ The Brain Sound Compiler software generates MIDI
The MIDI messages are sentto a note data based on the FFT of a patient's EEG,  We welcome your feedback. E-mail us ot emeditorial @

synthesizer, and the resulting audio is  creating customized sleep music. primediabusiness.com.
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: Music hath charms to soothe ® recorded onto CD-R, which the patient can take home and :
° the savage breast, : play according to personalized instructions. Listening to &
P To soften rocks, or bend a knotted oak . . . o (hese sounds seems to stimulate the electrical activity as- °
™ By magic numbers and persuasive sound. e sociated with the state of consciousness on which they ®
: oy S DS 08 sonts e e fom s mfets 3
PY The Mourning Bride, act 1, scene 1 ° o . P ! P
. o which helps him or hert.o sleep. ' ®
° ° In a recent double-blind study, Kayumov and his team °
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® Clinic, the multidisciplinary team involved in this use at home, the experimental group showed ob- b
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o psychiatrists. drift off. objective improvement. .
L Most intriguing is their use of computers and Kayumov's team is also studying the effects L3
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® complaints and taking objective measurements to deter- g an FFT display with the patient in real time. When the com- °
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° sleep are called theta (4 to 7 Hz) and aforementioned study, while the 2
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ne can’t help but notice

the increasing number of
K_/ 24-bit, 96 kHz-capable
digital audio devices flooding the
pro-audio market these days. The
unprecedented sonic performance
that high-resolution digital mixers,
recorders, converters, and DAW I/O
boxes promise has many owners of
project studios and small-commercial
studios pondering whether they
should upgrade their gear to the
emerging standard. But before you
whip out your credit card, there are
some major issues to consider.

For one thing, just because two
pieces of equipment are “24/96” (that
is, 24-bit, 96 kHz) capable doesn’t
mean that they can be used together.

They may, in fact, each support a dif-
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By Micﬁae[ Cooper

ferent and therefore incompatible data
format, thus preventing them from
talking to one another. Many products
also demand trade-offs in functional-
ity—for example, a halving of the max-
imum number of available tracks or
channels—in return for working at
higher sampling rates. And before you
begin production, you’ll need to con-
sider which format to use to deliver
your high-resolution mixes to the mas-
tering or authoring house.

That, in turn, brings up another
question: what end-user/mass-dupli-
cation format will your musical mas-
terpiece be released on? If your
production is destined for release on
CD, will you even hear the sonic ben-
efits of high-resolution recording and

mixing once your masters have been

Illustration gy Davio[ Ba[[

-

T H E

1)

downsampled to the CD’s 16-bit, 44.1
kHz format? Considering all the hoops
you’ll need to jump through to pro-
duce a 96 kHz recording (not the least
of which is monetary), you’ll want to
be sure that your efforts will result in a
superior-sounding end product.

In this article, I'll explore many of
the issues that you'll need to resolve in
the course of cobbling together a 96
kHz-capable studio and producing a
high-resolution master. Most of what
I'll discuss applies equally to working
at an 88.2 kHz sampling rate, by the
way, but for the sake of simplicity I'll
refer mostly to 96 kHz digital audio
production. (For a discussion about
when to use an 88.2 kHz instead of a
96 kHz rate, see the sidebar “Which
Sampling Rate Should I Use?”)
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release. “When using nonlinear proces-
sing (such as compression) at a higher
sampling rate,” says Katz, “distortion
in the audible band is reduced by at
least 3 dB, even if followed by a sam-
pling-rate conversion back down to the
lower rate.” In other words, if you’re

going to use digital dynamics process-
ing, upsampling the material will re-
duce the amount of audible distortion
in the final file.

Despite his love for the sonics pro-
duced by 96 kHz sampling, Katz thinks
such a high conversion rate might not
be necessary if impeccable digital-filter
designs were employed in converters.
He also notes that upgrading the digital
filters in converters would be consider-
ably less expensive than retooling stu-
dios for ever-higher sampling rates.

Elen concurs. “There is a point at
which multiplying by large numbers,
whether it’s high sampling rates or high
numbers of oversampling, is done to
impress people—in terms of selling
things—and not for audio quality,” Elen
says. “But after a certain point, you're
not going to be able to hear the differ-
ence anymore.”

NOT HEARING IS BELIEVING
Though Elen, Katz, and Olsen differ
regarding why 96 kHz converters sound
better than lower-resolution ones, they
all agree that the difference is audible.
But Paul Lehrman, a composer, educa-
tor, and consulting editor for Mix mag-
azine, feels that most listeners are
unlikely to hear the difference. He con-
tends that “99.999 percent of the
people who listen to recordings are not
in a position to perceive any difference
between a 96 kHz recording and a 44.1
or 48 kHz recording. I think that what-
ever advantages you get out of 96 kHz
are far overshadowed by the limitations
of the transducers at both ends of the
signal chain.”

In defense of his position, Lehrman
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points out that the frequency responses
of most mics and digital musical in-
struments roll off at around 20 kHz.
Thus, anything recorded above 20 kHz
at a 96 kHz sampling rate “is probably
Jjunk,” claims Lehrman. In response
to the argument that it’s the digital
filter in 96 kHz systems, and not the
extended frequency response, that’s re-
sponsible for the improved sonics,
Lehrman says that, in A/B tests, he has
“never been able to tell, definitively,
the difference between a well-con-
structed 44.1 or 48 kHz oversampling
converter and a 96 kHz converter.”
Engineer, producer, and EM con-
tributing editor Larry the O weighs in
somewhere between 96 kHz cheer-
leaders and naysayers. “There is some
extra sparkle at 96 kHz; it does make a
difference,” he says. “But it’s nothing
compared to the difference between
24-bit and 16-bit digital audio.”
Naturally, you should listen yourself
and draw your own conclusions about
whether 96 kHz digital audio sounds
better than, say, 48 kHz. Assuming you
hear enough of a difference to compel
you to take the leap, you'll then need
to determine which high-resolution
digital audio formats are being used by
currently available products and what
trade-offs, if any, each format requires.

SPLIT DECISION

The various stereo and multichannel
digital audio formats that have been in
use since the 1980s were not originally
designed to pass 24/96 audio. In some
cases, such as with AES/EBU, the spec
had enough bandwidth that it could be
formally rewritten to accommodate
higher sampling rates over existing ca-
bles without much ado. In other cases,
such as with the 8-channel ADAT Light-
pipe and TDIF formats, sample-splitting

schemes had to be developed by man-
ufacturers to allow their equipment’s
multichannel 1/0 to pass 24/96 digi-
tal audio.

Sample splitting is a process that
splits, typically, one 96 kHz digital signal
into two 48 kHz signals (or one 88.2
kHz signal into two 44.1 kHz signals),
thus allowing the split signal to be sent
along two channels rather than one.
Because sample splitting uses two chan-
nels for transmitting each original
channel of 24/96 audio, the number
of available channels that the ADAT
and TDIF I/0O can transmit at 96 kHz is
cut in half, to four rather than eight
channels. If this seems cumbersome,
limiting, or confusing, bear in mind
that sample splitting is a transitional
strategy meant to enable high-resolu-
tion digital audio production using en-
trenched connectivity technologies.
Rather than wait until a better solution
is developed, we can employ these in-
terim formats to create multichannel
24/96 productions now.

Similar to sample splitting, bit split-
ting is an encode/decode process that
breaks up a 24-bit, low-resolution (44.1
or 48 kHz) digital word into two data
streams—one 16-bit, the other 8-bit—
and records them onto two tracks of a
16-bit recorder. The two tracks are re-
combined on playback into one 24-bit
stream by a device that decodes the
split bit stream. Note, however, that the
use of bit-splitting formats is fading as
24-bit devices become the norm.

HELLO, GOOD-BYE

All 24/96 data formats require a chip
on the sending and the receiving end
of the transmission chain that recog-
nizes what protocol is being used.
Without the chip in both pieces of con-
nected gear, the units cannot talk to

FIG. 2: The MOTU 2408mk3 DAW 1/0 box does real-time format conversion and ships with the new
PCI-424 card, which boasts hardware-DSP-driven mixing and monitoring with near-zero latency.
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one another. Before outfitting your
studio with 24/96 gear, make sure all
the pieces that you’re considering buy-
ing can speak the same language. If
they can’t, you’ll hear nada.

In many cases, 24/96 operation is
available only for some of the supplied
1/0 on a given piece of equipment. For
example, the Mackie MDR24/96 mod-
ular hard-disk recorder (M-HDR) can
record 96 kHz digital audio by way of its
Lightpipe connections, but its AES/
EBU connections can handle only 44.1
and 48 kHz sampling rates (at the time
of this writing, anyway).

The point is, you can’t determine that
two pieces of gear will provide inter-
operable 24/96 capabilities simply by
checking to see if they offer the same
type of I/0. The best way to determine
24/96 compatibility is to ascertain that

both pieces of gear support the same
high-resolution data formats. Unfortu-
nately, a comprehensive summary of
supported 24/96 data formats is diffi-
cult to come by for most currently avail-
able products, and usually requires
digging beyond promotional literature,
spec sheets, and the like. (For a quick-
reference guide to some popular 24/96
products and the high-resolution for-
mats that they support, see the table
“Resolution Conflicts.”)

In addition to checking compatibility
of data formats, make sure any prod-
ucts you plan to use together also sup-
port the sampling rate(s) you want to
work with and can sync to a common
word-clock rate. Some recorders must
receive 48 kHz word clock (which is
doubled internally) to record 96 kHz
digital audio. In such a case, you will
need a device like the Swissonic AD96
mk2 4channel A/D converter (see Fig. 1)
that can output half the word-clock rate
(44.1 or 48 kHz) to your recorder’s
word-clock input when working with
88.2 or 96 kHz audio-data sampling
frequencies.

FIG. 3: The new Yamaha 02R96 digital mixer is one of the few products on the market that retains its
full complement of fader channels when sending and receiving 88.2 and 96 kHz digital audio over

Lightpipe connections.
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Finally, if you are working on a DAW,
make sure you have tons of hard-disk
storage available: 24/96 data demands
a lot of disk space!

Next, let’s take a look at the data for-
mats that currently are being offered
in 24/96 gear. The following is not
meant to be an exhaustive list of 24/96-
capable gear; it is offered simply to give
you an idea of what’s available and
what’s compatible.

DIVIDE AND CONQUER
S5/MUX. §/MUX is a sample-splitting
technology developed by Sonorus that
splits one channel of 24/96 digital
audio into two 24-bit, 48 kHz channels
(or splits one channel of 24-bit, 88.2
kHz digital audio into two 24-bit, 44.1
kHz channels) for transmission over
ADAT Lightpipe I/O. The new MOTU
2408mk3 DAW I/0 box (see Fig. 2), the
Swissonic AD96 mk2, and the Apogee
AD16 and DA16 converters all support
the S/MUX format through Lightpipe
1/0. Additionally, the Yamaha 02R96
digital mixer, the Alesis ADAT HD24
M-HDR, and Mackie's HDR24/96,
MDR24/96, and SDR24/96 M-HDRs all
use an S/MUX-compatibIe format
when transmitting 88.2 or 96 kHz digi-
tal audio over their Lightpipe connec-
tions. (Yamaha, Alesis, and Mackie’s
high-resolution Lightpipe formats may,
in fact, be identical to S/MUX format;
exact specifications were not available.)
Let’s take a closer look at how some of
these products implement their own
form of S/MUX to record and play
back 24/96 audio.

As one would expect from units using
a sample-splitting scheme, the above-
mentioned Alesis and Mackie hard-disk
recorders all have their maximum track
counts cut in half when shuttling high-
resolution digital audio over Lightpipe
I/O—from a maximum of 24 tracks at
44.1 or 48 kHz to 12 tracks maximum at
88.2 or 96 kHz. The new Yamaha 02R96
mixer (see Fig. 3), however, distinguishes
itself as one of the few products on the
market that does not lose any channels
when operating at 88.2 or 96 kHz sam-
pling rates over Lightpipe 1/0. Each
recombined 24/96 track (returning
from an M-HDR, for example) shows

www.emusician.com
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up on one 02R96 fader, and the mixer’s
56 simultaneous input-channel faders

are available no matter what sampling
rate you use.

MOTU'’s 2408mk3 also loses half its
maximum number of available chan-
nels on each digital bank when using
sample-splitting schemes such as
S/MUX and 96 kHz TDIF. (I'll discuss
TDIF in a moment.) So, for instance,
each bank of Lightpipe I/0 can trans-
mit only four channels of 24/96 audio
in S/MUX mode. Thankfully, though,
the 2408mk3 records each 24/96 (or
24/88.2) channel of S/MUX- or TDIF-
format audio to one track in Digital Per-
former (DP). (All MOTU 1/0 boxes
are compatible with Mac and PC DAWs
and will also work with other applica-
tions besides Digital Performer.) On
playback, each DP track becomes just
one 96 kHz stream that can be sent out
one analog output, in any supported
format you wish, on the 2408mk3. That
keeps operations simple and user-
friendly. Moreover, the 2408mk3 can
perform real-time format conversion be-
tween its inputs and outputs.

For some readers, it’s important to
note that the Alesis HD24 can only sync
to its Lightpipe inputs when recording
digitally at an 88.2 or 96 kHz sampling
rate. That is, the HD24 cannot sync to
its BNC word-clock input when receiv-
ing 88.2 or 96 kHz digital audio over
its fiber-optic lines, but must instead
sync to the clock embedded in the
audio bit stream. Lightpipe has a rep-
utation for being jittery, and finicky en-

gineers may wish to evaluate whether
the benefits of recording high-resolu-
tion digital audio over Lightpipe justi-
fies the assumed trade-off in jitter
performance. Fortunately, Alesis also
offers an optional analog 1/0 board
for the HD24 that can record at 88.2
or 96 kHz while synced to the unit’s in-
ternal clock. All three of Mackie’s hard-
disk recorders (mentioned above) can
sync to their respective word-clock in-
puts when recording through their
Lightpipe 1/0 at any sampling rate, in-
cluding 96 kHz.

TDIF. As is the case with S/MUX for
lightpipe-equipped devices, recording
96 kHz digital audio over TDIF lines
usually requires two channels of stor-
age for every 24/96 channel transmit-
ted. For M-HDRs, that also results in a
track count reduced by half. Most mix-
ers that support 24/96 operation over

clude TDIF connections, they cannot
handle 24/96 operation over TDIF lines.

Apogee ABS96. A proprietary format
developed by Apogee Electronics,
Apogee ABS96 combines bit-splitting
and sample-splitting techniques to allow
you to record two channels of 24/96
digital audio on an 8-channel, 16-bit
recorder. The Apogee Rosetta 96 A/D
and PSX-100 A/D/A converters both
offer ABS96 mode. You’ll need the lat-
ter unit to decode any tracks that have
been encoded in ABS96 format.

2-CHANNEL FORMATS

Double-wire AES. Also known as double-
wide AES, double-wire AES mode sends
one channel of 88.2 or 96 kHz digital
audio down each AES/EBU cable.
Thus, two connectors are required for a
stereo signal, whereas only one con-
nector is needed to send two channels

The Digidesign 192 I/0 can operate at up to 192 kHz sampling rate (using double-wire AES mode)
and provides switchable, real-time sampling-rate conversion by way of its digital inputs.

TDIF 1/0, such as the Tascam DM-24,
also lose access to half their faders
when operating in this mode (but,
thankfully, each 24/96 channel shows
up on only one DM-24 fader).

Things are a bit less cumbersome
when using TDIF in DAW land: the
MOTU 2408mk3 1/0 box records each
24/96 digital audio channel received
over its TDIF lines to one track in Digital
Performer. Note that although the
Apogee AD16, Rosetta 96, and PSX-100
converters are 24/96-capable and in-

The Apogee PSX-100 converter performs real-time format conversion in addition to A/D and D/A

conversion.
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of 24-bit, 44.1 or 48 kHz audio. Use of
the double-wire AES format is not very
common anymore, because an AES/
EBU spec was formalized for “single-
wire/double-speed” (88.2 or 96 kHz)
transmission of two channels down one
AES/EBU cable. That said, Tascam’s
DM-24 mixer, DA-98HR 8-track re-
corder, and MX-2424 SE hard-disk
recorder; Benchmark’s AD2402-96 A/D
converter; Prism Sound’s Dream AD-2
A/D converter; and Apogee’s Rosetta
96 and PSX-100 converters all support
double-wire AES mode in addition to
the now-standard single-wire/double-
speed AES mode. (The Tascam MX-
2424 SE requires an option card to
enable double-wire AES operation.)
Single-wire/double-speed AES. Like
the regular AES/EBU format that we've
always used, the single-wire/double-
speed mode sends two channels of
24/96 audio down one connector, but at
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twice the usual sampling rate. Products
that support single-wire /double-speed
AES mode include the Yamaha 02R96

and Tascam MX-2424 SE digital mixers;
MOTU’s 896 and 1296 DAW 1/0 boxes;
Digidesign’s 192 Digital 1/0, 192 1/0,
and 96 1/0 boxes; Lucid’s AD9624,
Swissonic’s AD96 mk2, Benchmark’s
AD2402-96, dB Technologies’ AD122-96
MK.I1, Sek’d’s ADDA 2496 S, Prism
Sound’s Dream AD-2, and Sonifex’s
Redbox converters; and Apogee’s Roset-
ta 96, PSX-109, Trak2, Mini-Me, and

AD16 (with optional card) converters.
Double-speed S/PDIF. Double-speed
S/PDIF is an unbalanced version of
the single-wire/double-speed AES for-
mat, except that the S/PDIF flavor also
uses a different voltage and impedance
than AES/EBU. Products that support
the double-speed S/PDIF format in-
clude the Yamaha 02R96; the Tascam
MX-2424 SE; the MOTU 2408mk3;

RESOLUTION CONFLICTS

This table shows a sampling of currently available high-resolution digital audio products and the 24/96 data formats they support (indicated by a vV mark).
As long as they offer compatible sampling frequencies and word-clock rates, any two products that support the same format should be able to work to-
gether in 24/36 operation (with the possible exception of products that sport FireWire or USB ports, which are included here only as a handy reference

to show which DAW I/0 boxes support 24/36 computer connectivity).
The I/0 that a product provides is implicit in its supported formats. For example, a product that supports S/MUX format will provide ADAT Light-
pipe I/0. Seme products may require an option card to enable a particular format that is noted here as being supported.

S/MUX or

compatible format

Alesis ADAT HD24

Apogee AD16 v
Apogee DA16 v
Apogee Mini-Me

Apogee PSX-100

Apogee Rosetta 96

Apogee Trak2
Benchmark AD2402-96
dB Technelogies
AD122-96 MK.II
| Digidesign 192 Digital 1/0
Digidesign 192 I/0
Digidesign 96 1/0
Digidesign Digi 002
Edirol UA-5
Edirol UA-700
Lucid AD9624
M-Audio Duo
M-Audio Quattro
Mackie HDR24/96 Y
Mackie MDR24/96
Mackie SDR24/96 v
MOTU 1296
MOTU 2408mk3 v
MOTU 896
Prism Sound Dream AD-2
Sek'd ADDA 2496 S
Sonifex Redbox
Swissonic AD96 mk2
Tascam DA-98HR
Tascam DM-24
| Tascam MX-2424 SE
| Yamaha 02R96

<
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The DPS24 is the only affordable integrated
hardware digital workstation that offers

24 tracks of recording without data compression.
Most types of data compression throw out portions
aof your audio dunng recording, and use a
mathernatical algorithm to approximate the original
audio upon playback.

Data compression can adversely affect your
sudio quality and stereo imaging. especially with
multiple generations of track bouncing.

gounds like your old cassette

08 fax- 817-222-1490
5-1229 tax BO5-405-1885

#

It's important to know what you're getting when

you invest in any recopding solution. The DPS24 was
designed from its inception as a professional production
tool and not simply 8 scaled=up portable studio.

We combined 8 24bit/96kHz linear 24-track

hard-disk recorder, 8 46-input moving-fader automated
digital mixer, 8 sample-accurate mulii-track grapkic
waveform editor, 4 stegeo multi-effects processors,

ak Sys TrackView and & plug-in platform software,
and a CD mastering a archiving suite, without
creating the performance or user interface
compromises'dnd in many integrated workstations.

akaipro.com

Utilizing our G-Link navigation design, the DPS24
offers access to any major function with one
button press. The Q-Channel strip ofseutomated
LED rotary controls enables.instant access to any
channel strip,on the mixer.

Features like two banks of inputs to eliminate
re-patching, balanced channel inserts which enable
external mic preamps to bypass the on-board
preamps, multi-function G-Knobs for reaitime effects
control, and up to 24 channels of ADAT 1/0 offer
professional production capabilities that give you
the real-world advantages you need to bring your
artistic vision to its full potential.

AN

LESE A professional




Digidesign’s 192 Digital 1/0, 192 1/0,
96 1/0, and Digi 002; the M-Audio Duo
USB mic preamp; and the Prism Sound
Dream AD-2, the Swissonic AD96 mk2,
the Sek’d ADDA 2496 S, the Benchmark
AD2402-96, the Sonifex Redbox, and
Apogee’s Rosetta 96, PSX-100, Trak2,
and Mini-Me converters. The Edirol
UA-5 and UA-700 DAW I/0 boxes also

MANUFACTURERS

Alesis

tel. (401) 295-9000
e-mail info@alesis.com
Web www.alesis.com

Apogee Electronics Corporation

tel. (310) 915-1000

e-mail info @apogeedigital.com
Web www.apogeedigital.com
Benchmark Media Systems, Inc./
Sonic Sense, Inc. (distributor)

tel. (800) 262-4675 or (315) 437-6300
e-mail sales@benchmarkmedia.com
Web www.benchmarkmedia.com

dB Technologies/Lavry Engineering,
Inc. (distributor)

tel. (206) 381-5891

e-mail jeff@lavryengineering.com
Web www.dbtechno.com

Digidesign

tel. (800) 333-2137 or (650) 731-6300
e-mail prodinfo@digidesign.com
Web www.digidesign.com

Edirol Corporation North America/
Roland Corporation U.S. (distributor)
tel. {323) 890-3700

e-mail edirol@edirol.com

Web www.edirol.com

Lucid

tel. (425) 742-1518

e-mail info@lucidaudio.com

Web www.lucidaudio.com

M-Audio

tel. (626) 445-2842 or (800) 969-6434
e-mail info@midiman.net

Web www.m-audio.com
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both support 96 kHz, but not 88.2 kHz,
1/0 over S/PDIF lines.

COMPUTER CONNECTIVITY

IEEE 1394. Also known as FireWire,
IEEE 1394 is an industry-standard spec-
ification developed by the Institute of
Electrical and Electronics Engineers
(IEEE) for connecting consumer audio
and video devices to each other and to
computers. However, companies such
as MOTU and Digidesign also use IEEE
1394 for connecting their professional
1/0 boxes to DAWs. The FireWire in-
terface on the Power Macintosh G3 and
G4 uses Apple’s implementation of

Mackie Designs

tel. (800) 258-6883 or (425) 487-4333
e-mail productinfo@mackie.com
Web www.mackie.com

Mark of the Unicorn, Inc. (MOTU)
tel. (617) 576-2760

e-mail info@motu.com

Web www.motu.com

Prism Sound/Prism Media
Products Ltd. (distributor)

tel. (973) 983-9577

e-mail sales@prismsound.com
Web www.prismsound.com

Sek’d/plus24 (distributor)

tel. (800) 330-7753 or (323) 845-1171
e-mail info@sekd.com

Web www.sekd.com

Sonifex Ltd./Independent Audio
(distributor)

tel. (207) 773-2424

e-mail sales@sonifex.co.uk

Web www.sonifex.co.uk

Swissonic/plus24 {distributor)
tel. (800) 330-7753 or (323) 845-1171
e-mail info @swissonic.com
Web www.swissonic.com
Tascam

tel. (323) 726-0303

Web www.tascam.com

Yamaha Corporation of America
tel. (714) 522-9011

e-mail info@yamaha.com

Web www.yamaha.com

IEEE 1394. The original FireWire pro-
tocol, IEEE 1394a, provides 100 to 400
Mb per second (Mbps) bandwidth. A
new implementation of FireWire,
dubbed IEEE 1394b, is just around the
corner and will provide up to 3.2 Gb
per second bandwidth.

The MOTU 896 and Digidesign Digi
002 both use IEEE 1394a/FireWire for
bidirectional 24/96 digital audio con-
nectivity with a computer-based DAW.

USB. USB is another type of bus used
to get digital audio (and MIDI) data in
and out of a computer. All of the USB-
based digital audio devices that I'm
aware of use the original USB spec,
which provides 12 Mbps bandwidth. By
the time you read this, however, devices
using the new Hi-Speed USB 2.0 proto-
col should be out. USB 2.0 provides 480
Mbps throughput, which should dra-
matically increase track counts as com-
pared with current USB capability.

The M-Audio Duo and Quattro and
the Edirol UA-5 and UA-700 are exam-
ples of 1/0 boxes that offer 24/96
audio transmission over USB to and
from computers. Due to USB’s band-
width limitations, each of these four
products can deliver only two simulta-
neous tracks at 96 kHz sampling rate,
and none of them can record and play
back tracks simultaneously. Although
the USB-based Apogee Mini-Me can
output 24/96 audio by way of its
AES/EBU and S/PDIF jacks, the unit’s
USB port can dish out only 44.1 and
48 kHz rates.

From the above discussion of for-
mats (and referring to the table “Res-
olution Conflicts”), we can see that the
Yamaha 02R96 mixer and Tascam DA-
98HR recorder cannot work together
in 24/96 mode. Neither the Mackie
HDRs nor the MOTU 896 and 1296
1/0 boxes can communicate with the
Tascam DM-24 mixer in 24/96 opera-
tion. And neither the DA-98HR nor
the DM-24 can receive 24/96 digital
audio from the dB Technologies
AD122-96 MK.II, the Lucid AD9624,
the Sek’d ADDA 2496 S, the Sonifex
Redbox, the Swissonic AD96 mk2, or
the Apogee AD16, Trak2, or Mini-Me
converters. Clearly, it pays to confirm
interoperability of all 24/96 gear that

www.€musician.com
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you’re interested in before you buy.
Now that you have a handle on the for-
mats currently available for 24/96 digital
audio production, let’s examine what
you need to know about high-resolution

delivery formats for your masters.

PREPARING YOUR MASTER

If you decide to dive in to 24/96 digital
audio production, you’ll need to know
what delivery formats mastering houses
and authoring facilities can accept.
Many DVD-mastering and -production
facilities prefer that you send them a
copy of your mixes on a hard drive.

Roger Talkov, president of DVD Labs
(a DVD-Audio and DVD-Video produc-
tion house located in Cambridge, Mass-
achusetts), notes that delivering your
project on a hard drive “precludes the
need to restore [from the masters you
provided] and back up. We also get Ret-
rospect backups on Quantum DLTs.”
DLT (digital linear tape) can hold up to
80 GB of data on a single cartridge.
DVD Labs can also accept AIFF or
WAV files on CD-ROM, DVD-ROM, or
Alesis Masterlink discs. For surround-
sound projects, which contain multiple
tracks for each mix, Talkov emphasizes
the importance of making sure that all
of your files are saved on your DAW time-
line so that they play together in sync.
Lance Clark, multimedia engineer at
Gateway Mastering and DVD (in Port-
land, Maine), notes that most of the
masters he receives arrive as 24/96 AIFF

WHICH SAMPLING RATE SHOULD 1| USE?

Most people who currently work with
high-resolution digital audio prefer
using the 96 kHz sampling rate and 24-
bit word lengths for their productions.
RogerTalkov of DVD Labs cites this as
the most common format for both
stereo and surround-sound DVD-A
(DVD-Audio) discs. That's mostly be-
cause 96 kHz is a little easier to work
with if your project will also include
video content. Read on to learn why
this is so.

Despite all the concerns a
couple of years ago about whether
DVD-A discs would play in early-model
DVD-Video players, the DVD disc has
turned out to be fairly universal. (Of
course, a DVD disc won’t play in a CD
player.) DVD discs can play in either
DVD-Audio or DVD-Video players be-
cause audio content is stored in a dif-
ferent format compatible with each
type of player and on separate por-
tions of the disc. Many DVD-Video
discs use the Dolby AC-3 compression
format for encoding their audio con-
tent, and the Dolby digital encoder
wants to “see” a 48 kHz sampling rate
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to do this work. Converting a 96 kHz
sampling rate to AC-3 is a little easier
than converting a rate of 88.2 kHz be-
cause 96 is an integer multiple of 48
(2 x 48 = 96). That simpler processor
“math” should theoretically result in
a more pristine conversion. That's why
you're better off using a 96 kHz sam-
pling rate if your DVD project will in-
clude video content.

Although the DVD-A spec also
includes support for 176.4 and 192 kHz
sampling rates, and all DVD-Audio
players are capable of playing audio
at those rates, they have very rarely
been used to date.

In some cases, a studio might
be planning to release a project on
both DVD and CD. If only one mix will
be produced for both release formats,
the engineer might choose to mix at
the 88.2 kHz sampling rate. Because
88.2 kHz is an integer multiple of the
CD-format’'s 44.1 kHz rate, down-
sampling an 88.2 kHz mix for CD re-
lease should theoretically cause less
degradation than downsampling a
non-integer-multiple 96 kHz mix. Ac-

or WAV files on a hard drive. He also
gets a lot of masters delivered on Tas-
cam HR tape (the format used by Tas-
cam’s high-resolution, tape-based
MDMs). Clark also notes that Gateway
can also accept CD-ROMs, but the com-
pany does not receive many CD-Rs in
Masterlink format. Although Gateway
also masters projects for SACD (a com-
peting high-resolution format to DVD-
Audio), Clark observes that such work is
currently “slim.” He says that the num-
ber of projects that Gateway masters for
SACD release are perhaps only 1 in
every 10 or 12 projects it receives.
Digital Domain’s Katz says that he often
receives 24/96 and 24/88.2 files, even
though he masters for 16-bit, 44.1 kHz
CD release. He occasionally receives
mixes on hard disks in Pro Tools format,
“but 99 out of 100 projects that come to
me have been on CD-R.” Katz notes that

cordingly, Talkov sometimes receives
88.2 kHz masters for DVD authoring.
Gateway Mastering and DVD, on the
other hand, reports that it rarely re-
ceives 88.2 kHz DVD-A files to accom-
modate conversion to Red Book CD
format. “In fact,” Gateway's Lance Clark
says, “| think we've done only one
DVD-A disk at 88.2 kHz."
Downsampling theory notwith-
standing, Talkov says that “there are
excellent sampling-rate converters that
will take 96 kHz to 44.1 kHz okay.” Bob
Katz of Digital Domain, however, takes
a stronger stance on this subject. He
asserts that, considering the pristine
performance of the best sampling-rate
converters available today, there is no
practical reason ever to use the lower
88.2 kHz sampling rate in lieu of 96
kHz. “We're talking one flea’s worth of
audible difference” between 88.2 and
96 kHz files, Katz says. “Still, I've been
pushing for 96 kHz. It seems to be a
touch warmer, but only because the
filter is just a little bit farther out” Pref-
erences aside, Katz also regularly ac-
cepts 88.2 kHz files for CD mastering.

www.emusician.com



an entire album’s worth of 24/96 stereo
mixes will typically fit onto three or four
CD-Rs. He calls Masterlink a “fantastic
delivery format” for this purpose, but
he is also comfortable using any CD-
ROM containing AIFF or BWF-type
WAV interleaved files. (Broadcast WAV
Format, or BWF, adds time-stamping to
regular WAV files.) Because he has en-
countered incompatibilities among var-
ious DVD writers and readers, Katz does
not recommend putting your files on
DVD-R at this time.

BIT (OF) RESOLUTION

As this article has made clear, many cur-
rently available 24/96-capable products
suffer substantial trade-offs in function-
ality in return for promised higher fi-
delity. If you’ve had the chance to

audition 24/96 audio gear and you like
what you hear, the only question that
remains (besides affordability) is whether
you can accomplish your goals with it.

New,Version!

As Larry the O says, “with most of the
96 kHz devices in the EM readership’s
price range, all of your facilities are
halved as soon as you go to 96 kHz. In
the case of mixers, you no longer have
enough channels to do a mix of any
level of complexity. Just doing bass and
multimiked drums will use up most of
your available channels at 96 kHz, leav-
ing no room for guitar, vocals, or what-
ever. If you’re doing a small ensemble
like a jazz trio where you're only using
one or two mics on the drums, then
you might be able to do 96 kHz.” Of
course, as more products such as the
Yamaha 02R96 (which retains its full
complement of channel faders in 88.2
and 96 kHz modes) become available,
the O’s concerns will become moot.
Looking even further into the future,
TDIF and Lightpipe protocols could
easily fade away as more people migrate
to DAWs equipped with FireWire.

“Doing bit-splitting techniques and

R

Plug-in effects automation

ASIO driver support

5.1 surround mixing

MIDI plano roll editing

MIDI event list editing

MIDI step recording

www.emusician.com

doubling up on things,” Elen says, “you
end up with a lot of real estate being
taken up by connectors. Today you have
one little connector [FireWire] that
will handle 400 mbps.” And with the
imminent arrival of 1394b, one can’t
help but wonder how long it will be be-
fore all the digital audio devices in our
studio will be connected by FireWire
into one large peer-to-peer network.

Make no mistake: our industry is in
the midst of a radical transition. Only
you can decide when is the right time—
if ever—to dive in. If and when you do,
hopefully this article will have armed
you with the information necessary to
make informed decisions in this brave
new world of 24/96 digital audio.

Michael Cooper is an EM contributing editor
and owner of Michael Cooper Recording,

located in beautiful Sisters, Oregon.

We welcome your feedhack. E-mail us ot emeditorial @primediabusiness.com,
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For unlimited tracks of audio and MIDI, DirectX
plug-in support, 5.1 surround mixing, CD
ripping/buming, streaming media creation and
support for popular audio formats, no other
program outperforms ACID Pro 4.0. It's the
ultimate in professional loop-based music
production. With the release of version 4.0, this
award-winning application is even more
powerful, with new features that place it in a
class by itself.

ACID is available direct from Sonic Foundry
(sonicfoundry.com) or from many software
retailers nationwide including:

R S, Sedd Mars
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Become Reality

Anton Fig,

longtime drummer on

David Letterman’s

or 16 years, Anton Fig has held the
drummer’s chair in Paul Shaffer’s
world-class TV-studio hands—first
at NBC and then at CBS where he
currently anchors Shaffer’s CBS Or-

Late Show,

emerges from

Cyndi Lauper, Madonna, and Warren
Zevon.

In April 2002, Fig released Figments—
his debut album as a solo artist and pro-
ducer—on his own label, Planula

chestra on the Late Show with David behind the kit as an Records. Fig plays drums, percussion,

Letterman. In addition to his music du-
ties, Fig is always ready to punctuate Let-
terman’s comedy with a well-placed snare
roll and cymbal crash, serving as “part
circus drummer,” in Fig’s words. By virtue
of appearing on the show five nights a
week, Fig is certainly one of the most vis-
ible musicians in all of show business.

During his years with Letterman, Fig has backed up
musical guests such as Miles Davis, James Brown,
Aretha Franklin, Al Green, Paul Simon, and Bruce
Springsteen, to name just a few. The CBS Orches-
tra is also the official house band of the Rock ’'n’
Roll Hall of Fame and was chosen for The Concert
for New York City at Madison Square Garden in Oc-
tober 2001, backing up Paul McCartney, Eric Clap-
ton, James Taylor, and other all-star performers.

Born and raised in Cape Town, South Africa, Fig
had difficulty gaining access to the American and
British popular music of the 1960s that fired his imag-
ination. In 1970, at age 18, he left South Africa for the
United States, enrolling at the New England Con-
servatory of Music in Boston. Fig studied both jazz
and classical music and in 1975 earned a bachelor’s
degree with honors in classical music. He moved to
New York City in 1976, where he built a career as a live
performer and session musician, appearing on
more than 100 albums. In the past 25 years,

Fig has recorded with the likes of Joan
Armatrading, Booker T and the MGs, O
Paul Butterfield, Joe Cocker, Bob Q.
Dylan, Ace Frehley, Kiss, Mick Jagger, (o ¥

artist-producer.

By Matt Gallagher

oUC,

keyboards, rhythm guitar, and bass on
the album. He also enlisted a number
of guest artists, calling on the talents of
Sebastian Bach, Randy Brecker, Blondie
Chaplin, Donald “Duck” Dunn, Ace
Frehley, Richie Havens, Adam Holzman,
Ivan Neville, Brian Wilson, and a host of
others. Paul Shaffer and CBS Orchestra members
Alan Chez, Felicia Collins, Will Lee, and Sid McGin-
nis also guest. The album features 13 eclectic tracks of
Fig’s original music, including several songwriting
collaborations.

Figments (which is available only at www.antonfig
.com) is the result of several years’ worth of Fig’s
songwriting and demos as well as three and a half
years’ worth of recording. Although he is a veteran of
commercial-studio sessions, Fig has maintained a
personal studio since the late *70s and chose to
record Figments in his home. Pro-audio consultant
David Frangioni helped build a Digidesign Pro Tools
system specifically for recording, editing, and mixing
Figments in Fig’s Manhattan apartment.

Fig recorded most tracks in his apartment, but he
kept his neighbors happy by recording his founda-
tional acoustic drum tracks in two commercial stu-
dios. He then wove succeeding parts on top of the

drums, meticulously editing live performances in
Pro Tools.
I spoke with Fig about his personal stu-
/7 dio, the challenges of piecing together
Figments, and his enviable job on the
z Late Show.
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Oh yeah, it’s incredible. It’s steady, you
get visibility, and you get to play with
great people.

1t backgroun

I knew a lot of the songs that Paul
[Shaffer] knew. That was a big plus. I
was a studio musician with a rock sen-
sibility. A lot of studio musicians came
from a more jazzy place. I always said
that I was not a studio musician; I was a
rock guy who could also do séssions. I
considered myself a rock drummer who
studied jazz and classical music to make
myself a better musician.

hat approach has served you well on

the Le(termnn show, which requires

convincingly.
I've always felt that what makes the
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styles different are the nuances: just go
for the groove and take the trouble to
study a few of the nuances. You may
not be able to play like someone who's
immersed himself in that style forever,
but you’ll be able to create a nice
groove so that the music will still sound
and feel good. The drummer is often
like the shepherd who’s corralling
everyone into the same time space.

What is weekly schedu t

We work Monday to Thursday, domg
two shows on Thursday. We get our
schedules fairly well in advance, so with-
in that, I try and arrange the other stuff
that I want to do. The show has to take
precedence, but I'm able to play in the
clubs at night and do a bunch of
recording as long as people are pre-
pared to work within the confines of
the Letterman schedule. I was doing
the record pretty much from around
12:00 to 3:30 p.m. every day. I live a 17-
minute walk from the show, so I worked
right up until the last minute and just
walked over to the show.

What was it like growing up in Cape

Very few touring acts came down. What
we did have was African music on the

MUSIC !

radio. There were short-wave radio
stations in a place called Lorenzo Mar-
ques—which is now Mozambique—that
rebroadcast American stations, so we
got to hear songs through garbled short-
wave radio. The movie Woodstock came
down, and we saw that. I went overseas
one time on a trip with my parents and
bought records while I was in London.
I brought them back to South Africa,
and then we kind of caught up, but it
was relative. A person in Cape Town
could become a celebrity on the basis
that they saw a Led Zeppelin concert
overseas. That’s how isolated we were.
But the good thing about that is we
were forced to develop our own ways
of doing and playing things, because
there was so much in our imagination.
We never saw anything.

My folks were very supportive. I was
playing in bands from about age eight
on. When [ was 18, I started to get into
jazz, and I wanted to hear the musicians
firsthand and absorb all the musical in-
fluences over here. My folks said that I
could go overseas provided thatI got a
degree, and so they facilitated that.

The CBS Orchestra in action on the Late Show with David Lener'man. Pictured are
(clockwise from drums) Anton Fig, Tom “Bones™ Malone, Alan Chez, Bruce Kapler,

musical director Paul Shaffer, Felicia Collins, Will Lee, and Late Show music coordinator
Chris Schukei. Guitarist Sid McGinnis is not pictured.

www.emusician.com



D1600 GITAL RECORDING STUDBIO

- 40GB. CD-RW. GET READY.

agine that a digital multi-track recorder brimming
of-the-art features would be hard to operate.
h its large TouchView graphical interface and user-
operating system, the D1600 Digital Recording Studio
recording, mixing and mastering your music easy and
ve. Loaded with 16 tracks (96 including virtual tracks),
ompressed audio, 100 scene digital mixing, up to 11
simultaneous effects and flexible sync, the D1600 now even
includes a 40GB hard drive and built-in CD burner* The power
packed D1600: it's not just easy to use — it's easy to master.

* Model number D1600V40 includes 40GB hard drive and built-in CD-RW.
© 2002 Korg USA, 316 South Service Rd. » Mehville, NY 11747 » (516) 333-8737 » www.korg.com



ENTS

Become

f
Reality

I got to New York [in 1976] and tried to
fit in doing a few jazz gigs, but people
were talking about getting back to their
roots. I thought, “My roots are in Africa,
but they're also in rock music.” I tried
going back into rock music, and all
sorts of doors opened. I suddenly got a
lot of good jobs freelancing around the
city. In the late '70s, I formed a band
called Spider with some friends of mine
who were from South Africa.

How did you get started with home
recording?

[Spider’s record] label was very song
oriented, so it got us those original
4-track [Tascam] Portastudios and en-
couraged us to put down demos. The
Portastudios had just come out back
then. I had one in the apartment, and I
would try and write songs. I found myself
doing creative things on the side with
synths and sounds—little abstracts—and
1 enjoyed being able to work late at night
and do whatever I wanted to do on those
things. The Portastudio evolved into an
8-track Tascam with an [Akai] MPC60
and some synthesizers. In the beginning

the MPC60 kept the sequences together.
When I got the new equipment, I trans-
ferred all that [MPC60] stuff over to the
Akai $3000.

What inspired you to do your album?

It came from enjoying working on the
Portastudio many years earlier. I don’t
consider myself a prolific writer, but I
do enjoy putting pieces of music to-
gether and collaborating with other
people. Over the years, I kept up the
writing and amassed a small body of
work that I always wanted to record
properly.

At some point I said to myself, “If
they ever offer digital recording for
the home, I'm going to make a record
of all these songs.” Then Pro Tools
came out and it became possible to
record that way. I felt as though it
would change the nature of the record
business because people wouldn’t be
dependent on a record company giv-
ing them a large sum of money to
make their record. Digital recording
in the home isn’t cheap, but it’s not
that expensive compared with what
the budget for making a record used
to be. I'm not saying that it has to be
Pro Tools—there are alternatives—
but that way of recording is pretty
prevalent these days.

I never approached anybody about
making this record. I just told myself

Anton Fig's Pro Tools-based rig resides in a tiny, 9 X 10-foot room within his Manhattan apartment,
which proved to be a difficult mixing environment.
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from day one that I was going to do it
the way that I wanted it to be. So I gota
bank loan—I was very lucky that I had
the steady Letterman paycheck—and
assembled a little system in my house.
David Frangioni helped advise me
about the gear and the routing of the
studio [see the sidebar “Planning Plan-
ula Studios”]. We had lots of phone
conversations.

The album was 70 to 80 percent writ-
ten before I started producing it. I was
a little concerned because the songs
weren't all exactly in the same vein. I
didn’t want the album to sound like a
hodgepodge of different things, but I
figured that since I was producing and
playing drums on the whole thing and
starting each song from scratch and
seeing it through, that somehow the
album would take on a particular
sound.

How do you compose songs?

I write most of the stuff on the key-
board. I usually end up at a completely
different place from where I started.
I'll get either a drumbeat or a loop
going, or I'll just mess around with the
chords and sing melodies and some
words.

Basically, I had these songs in MIDI
form, and then I started to add live in-
struments and take the MIDI stuff away.
In some cases I kept the MIDI stuff,
and in other cases I didn’t. The record-
ing process was the same, though.

I would record the drums first. I'd
play them to the MIDI stuff, or what-
ever click I generated. The drums were
done in a [commercial] studio. I
would record them on [2-inch] ana-
log tape, convert that to ADAT, and
bring the ADATs back into my studio. I
would do a couple of songs on the
2-inch tape, put that into the com-
puter, and then use that 2-inch tape
again. Toward the end, we just went
straight to Pro Tools.

Where did you record the acoustic
drums and the percussion tracks?
At Avatar, which is the old Power Sta-
tion, and at Dangerous Music, which is
like someone’s living room, but they
have a Neve-Studer combination.

www.€musician.com



ENGINEERING FIGMENTS

Anton Fig hired Weld, a New York
City musician and freelance engi-
neer, to engineer Figments and to
help manage Fig's studio. Weld says
his role in the Figments project “was
basically to help the whole process
run smoother. The studio that Anton
built presented a big learning curve
for both of us. We started with the
16-voice Pro Tools system and one
[DSP} Farm card—not the original
system, but one of the early ones—
and a 4-gig drive. From there, we
kept updating and expanding to the
current Mix Core system with three
Mix Farm cards.” According to Weld,
his assistance allowed Fig to “focus
more on the music and the produc-
tion. | would deal with the day-to-
day issues.”

Weld prepared 8-track sub-
mixes on ADAT tapes to send to mu-
sictans in remote studios. “When we
received the tape back, | would be
responsible for getting the perform-
ance back into the computer onto the
hard drive and keeping everything in
sync,” he says. “When a musician
would come by to record, my job was
to set up the headphone mix and the
mics, and to get the performance to
binary as transparently as possible.”
He also helped Fig adapt to his diffi-
cult monitoring environment. “You
have to bring in reference material,
listen to it, and see just how different
the room is from larger studios. Once
you get used to how it sounds, it
works well. After a while, you intu-
itively know what frequencies to lis-
ten for.”

At the core of Fig’s studio is a
“peefed up” Power Mac 9500. “I think
it had a 132 MHz processor, but we
upgraded it to a 300 MHz G3 proces-
sor,” Weld says. “We added an ATI
video card and the Adaptec 2940 Ultra
SCSI accelerator card. A lot of this
technology is now a bit dated. We
used [Dantz Development] Retrospect
Backup, an archiving program for

www.€Imusician.com

backing up data to DDS-3 DAT backup
tape. We have three or four Glyph
[storage] drives and the Yamaha CD
burner. The Yamaha 02R was used as
an analog input for the outboard
synths and for dialing in a little com-
pression or EQ for a ProTools submix.”
He adds that “the [Mark of the Uni-
corn| MTP-AV is the master clock for
the whole studic.”

Because Figments sessions
regularly took place outside of Fig's
studio, transferring audio files was
critical. “When we were doing sub-
mixes to ADAT, we would use MIDI
Machine Control with ProTools as the
transport control,” Weld says. “"The
MTP-AV remained the time base.The
great thing about the 02R is that its
digital inputs are assignable.The 02R
has the AES/EBU interfaces and the
ADAT optical interface, so all the data
could be routed digitally from Pro
Tools to the ADAT or vice versa. On a
couple of songs, we easily adapted
this method to the [Tascam] DA-88
DAT machine, s well. This allowed
the other studios to use as many
slave tapes as they desired. As long
as our tape was the positional refer-
ence for them, any additional tapes
would come back locked with our
session.

“We tried to take advantage
of the big studios,” he continues, “so
we recorded 12 tracks of drums and
did three or four takes of each song.
When we got the files back into Pro
Tools, we were looking at 46 to 48
tracks of drums. We would group
tracks for each take and then create
another set of empty tracks that
would become the edited drums.
Anton would decide what he liked
and paste them into the new com-
posite tracks. When he finished edit-
ing drums, any unused files were
cleared and the remaining files were
truncated using Pro Tools’ Compact
function—after we made safeties of
all the initial takes.”

When bringing your ProTools
files tc another studio for recording
or overdubs, Weld advises that you
first find out whether your system is
compatible with theirs. “We always
call ahead to find out the version
number of the system that they're
using at the studio, just to make sure
that there are no compatibility is
sues,” he says. “"You don’t want to
show up at the studio and find out
that vour session won't open all be-
cause they have an older version than
you dc.”

Weld confirms that he and Fig
procz2ssed most tracks within Pro
Tools, including vocals, which they
reco-ded flat through a Focusrite
Voicebox. “That's when we had our
fun,” he says, adding that they used
Waves, Bomb Factory, Line 6, and na-
tive Pro Tools plug-ins. “We didn’t use
much EQ going into Pro Tools. | re-
member once we added a little bit of
top end on the vocals, but that was
just 2 or 3 decibels”

As he mixed individual tracks,
Weld would focus on the song at
hand rather than worrying about how
one track sounded against another,
even if the tracks had a time-span dif-
ference of more than three years.
“We didn’t zero the board and mix

from scratch when the recording was
complete,” he says. “It's Anton’s
album, so his spirit is going to be
there. It's a part of who you are, and
that comes across in the music and
provides the essential thread. The
mastering engineer, Leon Zervos, also

did a great job of uniting the sounds
of all the songs. | just try to do what |
think is right for the song at the time
and help Anton get his feeling across.
With a current song, | wouldn’t go
back and listen to a mix that was done
a year ago and make sure that the hi-
hat was at the same level relative to
the vocal or snare. It wasn’t that tech-
nical, and | like to keep evolving as
an engineer.”
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Did you record any of the percussion
tracks at home?

Yeah, 1 would play brushes on boxes,
or play bongos and try to do funny
things to the sounds and change them
around. Some MIDI percussion existed
from the original demo tracks.

How do you like to mic your drums?

I left that up to the engineers who were
recording the drums. I didn’t get into
that. I just hit my drums and got a good
sound. I wanted mics on the toms, and
overheads, room mics, and distant
room mics. I think that gives you a lot
of flexibility. We recorded the drums
flat onto tape.

I would either edit the drums or not,
depending on how they came out.
When I had the drums and the MIDI
stuff, I would then get some kind of
vocal on as soon as possible, whether
it was the real vocal or a guide vocal.
Once the drums were on, almost every-
thing else was done at home. I recorded
each musician individually, and then
edited each musician’s part and got it
how I wanted it before I put the next
person on. Basically, the next person
had to play to whatever sound was cre-
ated by the people that had preceded
him. I had to leave gaps for what I
thought might happen in the future.
It’s very easy to fill up all the spaces
right away.

So each guest artist had to react to pre-
recorded tracks.

Everything was done one by one, but I
was very conscious of trying to make it
sound as spontaneous as possible.
Sometimes you choose to leave mistakes
in. I certainly didn’t go around quan-
tizing everything and making it all cor-
rect. I would leave rough edges and
little things that they did—stuff that
they may have played or said before the
song started. I found ways to put that in
the track to keep it interesting. I always
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had to make choices between what
someone had played and where 1
wanted the song to go. But I always
tried to get the best performance, even
if it came from a few different takes.

I kept a running balance in my mind
of what I thought I had and didn’t have.
I covered all the bases and therefore
knew that I would be able to assemble
it. I spent a great deal of time editing
things together. I loved doing that be-
cause it felt like I was making a collage.

Did you ever use a digital audio se-
quencer on the project?

I started off in [Opcode’s] Vision be-
cause Pro Tools had no MIDI [fea-
tures]. Then I used [Emagic’s] Logic
in the background along with Pro Tools
in the foreground, and then eventually
Pro Tools added a MIDI sequencer. The
album took so long to make that when
I started it, Pro Tools 3.0 was the most
current version of the program; by the
time I had finished the album, the most
current version was 5.1. Certain songs
had to be reimported as we went along.
The MIDI tracks were either left be-
hind or recorded as audio files so that
we could have a big audio session.

As we continued to update the Pro
Tools [software], the hardware didn’t
change much at all. [See the sidebar
“Fig’s Studio Rig.”] I have a good patch
bay, an ADAT, the [Digidesign] 888s,
and a Yamaha 02R. I had MIDI com-
ing through one bank of 16 channels
and the audio coming through the
other bank.

Weld was the engineer on Figments. Can
you tell me about his role in the project?
Weld helped engineer the whole proj-
ect with me [see the sidebar “Engi-
neering Figments”]. When I had a
musician here, I didn’t want to be try-
ing to get a microphone to work, so he
took care of that. He had a good knowl-
edge of the studio and took charge of
the mixing. It’s difficult to produce a
session unless you can work your stu-
dio really well, which I couldn’t do in
the beginning. It’s nice to just concen-
trate on the music without also having
to worry about routing and sounds.
Weld worked the board while I con-

ducted musicians through their songs
and made decisions regarding their
parts. Once people were done record-
ing, Weld would refine the sounds and
then I would edit the parts.

How do you use the space in your apart-
ment for recording? Your control room
is remarkably small.

It’s 9 feet by 10 feet. Next to that room
is my living room. We had no master
plan; we just improvised as we went
along. I've got one hallway, and we tried
putting the guitar amp there. We used
the bedroom because it seemed to
sound good and people could look out
the window and have a nice view at
night of all the lights. If I was running a
session by myself, it was easier to use
the living room because I could just
put my head around the corner; I
didn’t have to run from room to room.

| understand that you own only one
microphone and that you rented micro-
phones in certain instances.

We used my Neumann [TLM 193] for
just about everything. I like to say that I
made the record with three reels of
2-inch tape and one microphone. Well,
that’s not strictly true.

Why did you rent microphones?

Weld suggested that I get a particular
microphone for Richie Havens’s voice
[an AKG C12 tube condenser mic], so
we ordered one. We rented mics and
maybe a certain guitar, or whatever.

Figments is the culmination of several years’
worth of songwriting and recording efforts and
presents 45 guest artists.

www.emusician.com
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How were you able to work around
noise limitations?

We recorded in the daytime and edited
and mixed at night. I could get enough
of a sound by doing it in a limited way. I

didn’t have to have a big room and Mar-
shall amps—which undoubtedly would
have sounded great, but I didn’t need
that for what I was doing.

Did you face issues with the acoustics
of your apartment?

I thought I was going to have some. In
the chorus of “When the Good Die
Young,” for example, I had this bass
drum. I played the mix in a car, and
the bass drum was so loud I thought I

PLANNING PLANULA STUDIOS

When Anton Fig decided to record his
solo album, he turned to David Fran-
gioni for guidance on redesigning and
upgrading his existing personal studio
so that it could handle that task. Fran-
gioni is the founder and president of
Audio One (www.audio-one.com), a
consulting firm with offices in Miami,
Boston, and Nashviile, that designs
personal and commercial recording
studios, home-theater systems, and
home-automation systems. Audio
One’s clientele includes Ricky Martin,
Olivia Newton-John, Ringo Starr, and
Steven Tyler, and the firm offers its
services to anyone who is interested.

“I've been consulting on
recording studios, primarily at the high
end, since 1985,” Frangioni says.
“Anton calied and we really hit it off.
For more than a year, we talked about
and conceived Anton's studio. Anton
is an avid reader. He researches things
very thoroughly and asks questions.
To his credit, he had a clear vision from
day one about wanting to use his stu-
dio to do his record. He already had a
home studio, something that he had
put together. | listened to what he had
done there, and it was amazing. Anton
will take what he has and go as far as
he possibly can with it.”

According to Frangioni, Fig
contacted him beczuse he
sure about what the final technology
choices would be and how it would all
be integrated; that was up to me. We
originally designed that studio before
the advent of Pro Tools. During the

u

wasn't
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course of the record, Pro Tools and
other technologies were evolving; Pro
Tools became a standard in the middle
of the record. Nowadays people keep
everything in ProTools; they don't even
transfer to tape.”

Fig’s studio room presented a
particular challenge. “We designed it
around a room that holds the record as
the smallest recording studio | have ever
put together—acoustics were virtually
impossible to deal with,” Frangioni says.
“The ceilings are fairly high, but it’s a
practically square room. | brought in an
acoustician to try to do something with
the room, but there wasn’t a whole lot
he could do. We just figured we'd make
it primarily a near-field-monitoring en-
vironment and hope that the room
wouldn’t introduce problems.

“In a room that has constraints
acoustically, you have to do a lot of lis-
tening,” Frangioni continues. “You have
to make CDs and cassettes, leave the
environment, and see how it translates.
When you play a reference CD in a new
room, you have to go with your first im-
pression and you can’t convince your-
self it's something that it's not. If you
hear it sounding awkward in certain fre-
quencies, you have to address that. So
there's more work to be done than there
would be if you have the budget and the
space to build a studio from scratch
where you can address the physical side
of the studio, which most of us can't.
We're dealing with home environments!”

In personal studios, Frangioni
says, people “sometimes use head-

was going to blow the windows out. Yet
when I had played it in my studio, I
hadn’t heard it in the room at all. I
thought, “This is never going to work.”
But we got used to the room. I made
the surface a little more uneven. [
could always take a mix out into my liv-
ing room and listen to it there. We’d
refer to other CDs. Weld was pretty vig-
ilant about keeping the sound con-
tained. My biggest fear was getting
uncontrollable bass [frequencies], but

David Frangioni

phones for certain aspects of the mon-
itoring and should be very careful
about their near-field monitors. Hope-
fully, they’ll be open minded about
doing some acoustic trapping and dif-
fusion if space allows. If a room
sounds natural, you can work in it and
get things sounding pretty close.”

Frangioni also states that the
degree to which you treat your studio
room acoustically should depend on
your end goals for your studio. “Mix-
ing only becomes critical with a final
big-budget record where there's a stan-
dard,” he says. "Every record has a cer-
tain sound quality, and if you're too
far away from that, you're not going
to be able to compete. Most people
are not mixing for a final record re-
lease, and if they are, then they have to
go through that extra work that we
talked about. Anton did; he really
worked his studio.”

www.emusician.com
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we were able to avoid that. We were very
careful to find what we thought was the
sweet spot in the room and stay there.
I'd run off a cassette of what I was
working on and listen on headphones
on a cassette machine while walking to
and from the [Letterman] show every

FIG’'S STUDIO RIG

day. I made a lot of mix suggestions just
from walking around with my cassette
machine. That may not have been the
truest way to do it, but it seemed to
work.

I took my mixes [early on] to Leon
Zervos at Masterdisk, who mastered
the record. I said, “Tell me if I'll actu-
ally be able to mix in my studio.” He
put them through the mastering equip-
ment and said, “This sounds fine. I'll
definitely be able to master this.” That
gave us the last bit of confidence we
needed.

Anton Fig’s current personal studio took shape during the tracking of
Figments from the late 1990s into 2001. Fig retained certain favored devices

from earlier incarnations of his studio while acquiring ProTools hardware and

software and newer sound modules specifically for the album. Following is a
list of his current setup. More information is available on Fig’s Web site at

www.antonfig.com.

Computer

Apple Power Mac 9500 with G3/300 MHz upgrade

Digital Audio Workstation

Digidesign ProTools TDM 5.1 with 888-24 I/O audio interfaces (2}

Effects Processors

Anthony DeMaria Labs (ADL) Stereo Tube C/L 1500 stereo compressor
Focusrite Green 3 Voicebox mic preamp/equalizer/dynamics processor
Tech 21 SansAmp PSA-1 analog tube-amplifier emulator

Yamaha GEP50 guitar-effects processor

Yamaha SPX90 digital multi-effects processor

Microphone

NeumannTLM 193 large-diaphragm condenser mic
MIDI Interfaces

MOTU MIDITimepiece AV MiDI interface

Opcode Studio 4 MIDI interface

Mixer

Yamaha 02R digital mixer

Monitors
KRK V6 active near-field monitors

Recorders

Alesis XT20 ADAT

Panasonic SV-3800 DAT recorder

Tascam 112 mkll Portastudio 8-track cassette recorder

Samplers, Sound Modules, and Synthesizers

Akai S3000 sampler

Alesis DM Pro drum module

E-mu E4X sampler

E-mu Proteus 2000 sound module

Korg M1 synthesizer

Oberheim Matrix-1000 rackmount analog synthesizer
Roland D-550 sound module

Roland JV-1080 synth module

Yamaha CS1x synthesizer

)
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Are there any other instances in which
you traveled to other studios?

On “Hand on My Shoulder,” Brian Wil-
son did the background vocals. I flew to
California and we did the vocals at Mark
Linett’s studio, where they remixed [the
Beach Boys’] Pet Sounds. We did it on
Pro Tools. I also recorded Chris Botti
[for the track “Tears”] in California. I
went to his home studio, where he had a
Tascam system. With Sebastian Bach, we
went into Dubway Studios because his
vocals were really screaming. “January/
February/March” has a group of people
singing, and that was also at Dubway.
Randy Brecker recorded his [flugel-
horn] solo [for “Inside Out”] that same
night. With Paul Shaffer, Al Kooper, and
Ivan Neville, we went into Avatar. There
were times when I needed access to their
microphones. Everything else was done
at home.

Even the choir on "When the Good Die
Young?”
Yeah, that was done in my living room.

The snare drums in “When the Good
Die Young” remind me a lot of Scottish
drums.

I had an orchestral snare drum. I
played it in the bathroom to get a little
echo, and then I doubled it. I didn’t
try to make it perfect because it
sounded like a few different people
playing, but not quite the same. That
was totally intentional.

Which of the other tracks stand out in
your mind?

“Utopia” is a very simple song, but it
took quite a bit of work. The drumbeat
in the chorus is actually a slowed-down
two-bar sample of the fade of “When
the Good Die Young.” A drum machine
was in the original song, and then I
played real drums in the verse. I tried to
play real drums on the whole song, but
it just didn’t feel right. So then we had
to mix the sample and the real drums,
and bring it in and out. Then there’s
another drum part that’s just a sample
of real drums—bass drum and snare.
There are actually four drum kits in
that song, but it obviously doesn’t sound
like that. We had 12 tracks of drums

www.emusician.com

per kit, so it was a very unwieldy ses-
sion until we managed to pare it down.

The ending of “Home” didn’t exist.
The song ended at least a minute and
a half before it actually does on the
record. That whole ending was re-
created once everyone had gone home.
I probably played the drums all the way
to the end, but the vocals and guitars
were done; I just went in and made a
whole new ending.

What future plans do you have for your
studio?

At the moment, I'm leaving it the way it
is. I'm building up another set of song
ideas. Right now, I'm just trying to get
my record out there. The record is
available only on the Web site [www
.antonfig.com]. It isn’t in the stores. Be-
cause it’s such a homegrown project, I al-
most don’t mind that some corporation
hasn’t gotten hold of it. I'm not saying
that wouldn’t happen, but for the most
part, it’s coming directly out of my house
to anybody who wants to listen to it.

How do you feel about taking on the role
of a producer?
A lot of the producing involved my get-
ting the right person for the right part.
You hire them for what they can do,
and then you make up something from
what they’ve given you; but I'm really
quite comfortable being in that posi-
tion. If [ were to produce someone else,
it would be just as big a responsibility
but a different kind of mind-set. That’s
something that I would be interested
in doing, if I found the right person.
This was my first big production. As a
drummer, you get used to going into
the studio and playing the basic tracks,
and then leaving. In creating the whole
thing myself, I had to follow everything
through. If I didn’t work on it, nothing
happened. When the project’s over
three years long, you have to stick with it.
You have to be prepared to slug away all
the time to get the thing completed. It
was an incredibly rewarding experience.
Matt Gallagher is a drummer and an assis-
tant editor at EM and Onstage.
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The creation of Sonic Foundry’s Vegas Video 3.0 is a major leap forward for desktop media production.
The program combines feature-rich, broadcast-quality nonlinear video editing with a complete, powerful
multitrack audio engine. Combine an A/V-equipped PC with Vegas Video and a digital-video (DV) cam-

corder, and you can start offering audio-for-video post-production services.
This article will show you how to use Vegas Video for audio post-production («udio post for
short), from getting the video into your computer and adding sounds to picture to manipulating
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and mixing those sounds to create an outstanding video soundtrack. (If you're new to audio
post, have a look at the sidebar “Sound Meets Picture.”) And although I'll focus on Vegas

Video and sound for picture, many of these tips and tricks also apply if you use the program
for multitrack audio only.

FLYBY By Jeffrey P. Fisher

Vegas Video 3.0 is an ideal environment within which to sweeten soundtracks for indie
films, documentaries, music videos, commercial spots, and corporate productions
destined for DVDs, CD-ROMs, Web sites, anrd broadcast. The program lets you
record and edit narration, on-camera dialog, sound effects, and background
sounds, and it even lets you compose and record original music. It offers an un-
limited number of audio and video tracks (until your computer complains),
and its nondestructive editing means your original files are never altered—

Vegas stores all your edit data and applies it in real time.

You don’t need any external hardware to keep your audio and video
in sync. Instead, you import digital video and add audio to it. By
showing you the video and audio together, Vegas makes editing and
synchronizing sounds and music effortless. When you're done,
you can export your finished work, complete with its new aural
soundscape, to a variety of formats including DV, Real Media,
MPEG-1 and -2, Windows Media, and QuickTime. Or, if you

prefer, you can render just your audio files.

www.€musician.com
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fat. You can also make a time selection,
press S, and split both edges simulta-
neously. Either approach is useful for
removing unwanted noises, deleting di-
alog breaks, and isolating the sounds
you need.

Splitting long dialog or narration seg-

ments into short Events can give you
greater control over a project’s pacing.
For example, amateurs tend to either
leave too little or too much space be-
tween phrases. If everything is slammed
together, you can slice the audio apart
and move the sections around until it
sounds right (music can fill in the

it’s better than squinting at the small
Video Preview window in Vegas.

MOUSING AROUND

gaps). For a slow section, use crossfades
to tighten things up. Split the slow-
paced Event into smaller segments and
overlap and crossfade them slightly so
they blend better. To change how
sounds crossfade, right-click the over-
lapping area, choose Fade Type, and
then select from the graphical list.
Using only Vegas’s Split and Crossfade
tools (and no pitch or time shifting), I
reduced a 19-second narration section
to 12 seconds.

To time-stretch or pitch-shift Events,
first right-click on the Event, choose
Properties, and indicate whether to pre-
serve the pitch and change the length
(the default) or preserve the length
and change the pitch when stretching.
Then Control-drag either Event edge
to the desired length.

When editing voice tracks, watch out
for room tone—the general back-

BURNING TIMECODE INTO YOUR VIDEO

One video filter that's useful for audio
post is Vegas's Timecode filter. From
the Video FX tab, scroll down to find
the Timecode filter. Then choose a
preset from the available list (for ex-
ample, SMPTE Drop 29.97 fps) and
drag-and-drop it onto your video track

Vet AN B w—
B

in theTrack List. This “burns in” a time-
code window (see Fig. A). Reference the
timecode numbers when spotting
sounds, and then refer to your notes
when editing your audio. To remove
the filter, select the Track FX button on
the video track and remove the plug-in.

To/Be |

FIG. A: You can use the Timecode filter to burn a timecode window into your video.
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various Vegas parameters can seem
cumbersome at first. An easy way to
fine-tune a slider’s value, however, is to
click and hold both the left and right

ground “sound” of a recording. If
you're combining separate Events, the
sudden dropout and return of room
tone can make even the most careful
edit stand out. Vegas provides a few ways
to deal with this pesky problem. Use a
quick, smooth crossfade between edits
to cover up the room tone stops and
starts. Use the Track FX noise gate to
eliminate room tone altogether during
silent passages. If that doesn’t work, find
a piece of room tone from the existing
recording, isolate it with splits, copy the
room tone Event, and paste it on an-
other track to mask the edits. Music and
backgrounds can cover these edits, too.

INSIDE VIDEO

But how do you get to the point at
which you can start editing the sound?
Before you can begin working on the
audio portion, you need your video in a
format Vegas can read. Unless you are
editing the video, you’ll get a complet-
ed, or nearly completed, video from
your client. The video may come in any
of a variety of formats; CD, analog tape,
and digital video are the most common.
You want the edited video in the highest-
quality format available, preferably DV.
That way, you can import the video into
Vegas, add your audio contribution,
rerender the video with new audio, and
then lay back the finished video to DV,
CD, DVD, and other formats.

To capture video, connect your cam-
corder or other DV device to your
computer’s 1394 input and then launch
Vegas. Choose the Capture Video item
in the File menu to display the Video
Capture dialog. If your device is con-
nected correctly, you should be able to
control it from this screen, using the
transport controls to record the video
as you require. The video’s audio track
will be captured at the same time. Cap-
turing the original video and subse-
quently saving your final project using
Sonic Foundry’s DV codec results in
the highest-quality video possible with
no generation loss.

Always work at the highest resolution
you can, paying careful attention to the
video’s frame size and rate. Work at
high resolution (digital video’s resolu-
tion is 29.97 frames per second, or fps)

www.emusician.com



The creation of Sonic Foundry’s Vegas Video 3.0 is a major leap forward for desktop media production.
The program combines feature-rich, broadcast-quality nonlinear video editing with a complete, powerful
multitrack audio engine. Combine an A/V-equipped PC with Vegas Video and a digital-video (DV) cam-

corder, and you can start offering audio-for-video post-production services.

This article will show you how to use Vegas Video for audio post-production (audio post for
short), from getting the video into your computer and adding sounds to picture to manipulating
and mixing those sounds to create an outstanding video soundtrack. (If you're new to audio
post, have a look at the sidebar “Sound Meets Picture.”) And although I'll focus on Vegas

Video and sound for picture, many of these tips and tricks also apply if you use the program
for multitrack audio only.

FLYBY By Jeftrey P. Fisher

Vegas Video 3.0 is an ideal environment within which to sweeten soundtracks for indie
films, documentaries, music videos, commercial spots, and corporate productions
destined for DVDs, CD-ROMs, Web sites, and broadcast. The program lets you
record and edit narration, on-camera dialog, sound effects, and background
sounds, and it even lets you compose and record original music. It offers an un-
limited number of audio and video tracks (until your computer complains),
and its nondestructive editing means your original files are never aliered—

Vegas stores all vour edit data and applies it in real time.

You don’t need any external hardware to keep your audio and video
in sync. Instead, you import digital video and add audio to it. By
showing you the video and audio together, Vegas makes editing and
synchronizing sounds and music effortless. When you're done,
you can export your finished work, complete with its new aural
soundscape, to a variety of formats including DV, Real Media,
MPEG-1 and -2, Windows Media, and QuickTime. Or, if you

prefer, you can render just your audio files.
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SETTING UP

Vegas is highly customizable. You can
change the toolbar; resize, float, dock,
and hide windows; and make the pro-
gram mirror your working style. I usu-
ally undock the Video Preview window
and let it float over the desktop, keeping
the other functions in place (see Fig.1).

To free up more space on your
screen, you can press F11 to quickly
hide the Window Docking area and
Shift + F11 to hide the Track list. I pre-
fer sliding the Track list to the left until
only the Track FX, Mute, and Solo icons
show. Forget what’s on a track? Let your
cursor hover over the Track number to
display the hidden scribble strip.

If you have an OHCI-compliant IEEE
1394 (FireWire) card installed, you can
send the video to an external monitor.
I connect my 1394 card’s output to my
DV camcorder’s digital-in port, then
send the camera’s analog output toc a
separate video monitor. You may expe-
rience some latency and stuttering, but
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it’s better than squinting at the small
Video Preview window in Vegas.

MOUSING AROUND

Vegas and a scroll-wheel-equipped
mouse are a potent combination. By
default, scrolling on the Timeline
zooms in or out. Holding down the
Shift button while scrolling duplicates
the horizontal scrollbar functions; hold-
ing the Control button duplicates the
vertical scrollbar. Scrolling while hold-
ing both Control and Shift moves the
current position indicator around the
Timeline. Allow the cursor to hover
over the Scrub tool, and the mouse
wheel controls the scrub speed either
forward or in reverse.

You can also scrub directly on the
Timeline by letting the cursor hover
over the current position indicator,
pressing Control, and dragging your
mouse in either direction. If you want
to scrub with key commands, pressing
J scrubs in reverse, K pauses, and L
scrubs forward. Holding K while press-
ing J or L gives you greater control over
the scrub speed.

Right-clicking allows you to access
several functions available in pop-up
menus. Unfortunately, using your
mouse to make precise adjustments to

D3WF xoan-o-Auesalennae

{Record Tene: 11:07.35

BYBOW sum

FIG. 1: In this figure, the Video Preview window has been moved from its default position at the

bottom of the screen.
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various Vegas parameters can seem
cumbersome at first. An easy way to
fine-tune a slider’s value, however, is to
click and hold both the left and right
mouse buttons and drag the slider.

To reduce mousing and save time, it’s
a good idea to learn the keyboard short-
cuts for common commands. For ex-
ample, the Spacebar toggles start and
stop, and Enter pauses. The tilde (~)
key lets you quickly minimize all tracks.
Page Up and Page Down move the cur-
sor to the next grid line. Specify grid
spacing using the Grid Spacing func-
tion listed in the Options menu. To
jump to a particular position in your
project, press Control + G and type in a
value.

CURRENT EVENTS

One of Vegas’s greatest strengths is the
ease with which it allows you to work
with audio Events. Instead of having to
edit and fine-tune your audio in a sep-
arate editor, you can massage audio
tracks with speed and ease right inside
Vegas. You can zero in on your audio
and trim, cut, and rearrange it in nu-
merous ways. For one project, I re-
duced a two-hour interview to one
hour, making 172 separate edits all in
Vegas—it took me less than four hours
to do the job.

You can edit Events directly on the
Timeline or use the Trimmer. Right-
click on any Event and choose Open
in Trimmer. There you can select por-
tions of a file and drag them to any
spot on the Timeline. The Trimmer
has its own transport controls, zoom
buttons, time-region selector, and ruler.
There is also a hotlink button (or use
Control + E) to open the selected
Event in another sound editor, such as
Sound Forge. To trim an Event, just
drag its edges. Turn on Enable Snap-
ping (this feature can apply to a variety
of points including grid, marker, re-
gion, and Event edge) to quickly align
Events, or turn off snapping for minute
adjustments.

Much like its older sibling Acid, Vegas
lets you easily slice and dice parts of
your audio Events. You can position the
cursor where you need to edit, press S
to split the Event, and trim away the

www.emusician.com



(reativity Connectors

If your computer supports USB, Edirol makes it
easy to creatively connect...anywhere, since
your computer supplies the power.

The UA-1A is a simple and small way to get 16-bit,
44 1kHz audio into your computer from analog sources
through RCA jacks.This is the affordable way to bypass
the built-in audio device of your laptop and home
computer with quiet,

quality sound.

The UA-1D interfaces totally digital transfer of audio
between your computer and external digital
components through its optical or coaxial S/P DIF ins
and out Its cable configuration and Native OS driver
compatibility make it the perfect,

portable upgrade of

your computer's

built-in

audio.

available at participating Dealers or call:

1
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MIDI Interface

If MIDI is your mode of expression, Edirol offers
two ultimate value interfaces designed for a
variety of setups.

The UM-1 1x1 MID! interface comes fitted with a
USB cable on one end and MIDI In & Qut leads
on the other.Its true Plug and Play

compatibility makes it easy to

connect any MIDI instrument

to your PC or Mac for

16 channels of

control.

The UM-1S 1x1 MIDI interface is flexible to your unique
setup: you select the length on the MIDI In & Qut cables
you connect UM-1S female MIDI connectors. Control up
to 16 channels of MIDI with the affordable, portable Plug
and Play UM-1S.Includes driver (D-ROM.
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fat. You can also make a time selection,
press S, and split both edges simulta-
neously. Either approach is useful for
removing unwanted noises, deleting di-
alog breaks, and isolating the sounds
you need.

Splitting long dialog or narration seg-
ments into short Events can give you
greater control over a project’s pacing.
For example, amateurs tend to either
leave too little or too much space be-
tween phrases. If everything is slammed
together, you can slice the audio apart
and move the sections around until it
sounds right (music can fill in the

gaps). For a slow section, use crossfades
to tighten things up. Split the slow-
paced Event into smaller segments and
overlap and crossfade them slightly so
they blend better. To change how
sounds crossfade, right-click the over-
lapping area, choose Fade Type, and
then select from the graphical list.
Using only Vegas’s Split and Crossfade
tools (and no pitch or time shifting), I
reduced a 19-second narration section
to 12 seconds.

To time-stretch or pitch-shift Events,
first right-click on the Event, choose
Properties, and indicate whether to pre-
serve the pitch and change the length
(the default) or preserve the length
and change the pitch when stretching.
Then Control-drag either Event edge
to the desired length.

When editing voice tracks, watch out
for room tone—the general back-

BURNING TIMECODE INTO YOUR VIDEO

One video filter that's useful for audio
post is Vegas's Timecode filter. From
the Video FX tab, scroll down to find
the Timecode filter. Then choose a
preset from the available list (for ex-
ample, SMPTE Drop 29.97 fps) and
drag-and-drop it onto your video track

Stert| ZA B B8 5 [ W Sonc Foundy Vegar

in theTrack List. This “burns in” a time-
code window (see Fig. A). Reference the
timecode numbers when spotting
sounds, and then refer to your notes
when editing your audio. To remove
the filter, select the Track FX button on
the video track and remove the plug-in.

FIG. A: You can use the Timecode filter to burn a timecode window into your video.
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ground “sound” of a recording. If
you’re combining separate Events, the
sudden dropout and return of room
tone can make even the most careful
edit stand out. Vegas provides a few ways
to deal with this pesky problem. Use a
quick, smooth crossfade between edits
to cover up the room tone stops and
starts. Use the Track FX noise gate to
eliminate room tone altogether during
silent passages. If that doesn’t work, find
a piece of room tone from the existing
recording, isolate it with splits, copy the
room tone Event, and paste it on an-
other track to mask the edits. Music and
backgrounds can cover these edits, too.

INSIDE VIDEO

But how do you get to the point at
which you can start editing the sound?
Before you can begin working on the
audio portion, you need your video in a
format Vegas can read. Unless you are
editing the video, you’ll get a complet-
ed, or nearly completed, video from
your client. The video may come in ahy
of a variety of formats; CD, analog tape,
and digital video are the most common.
You want the edited video in the highest-
quality format available, preferably DV.
That way, you can import the video into
Vegas, add your audio contribution,
rerender the video with new audio, and
then lay back the finished video to DV,
CD, DVD, and other formats.

To capture video, connect your cam-
corder or other DV device to your
computer’s 1394 input and then launch
Vegas. Choose the Capture Video item
in the File menu to display the Video
Capture dialog. If your device is con-
nected correctly, you should be able to
control it from this screen, using the
transport controls to record the video
as you require. The video’s audio track
will be captured at the same time. Cap-
turing the original video and subse-
quently saving your final project using
Sonic Foundry’s DV codec results in
the highest-quality video possible with
no generation loss.

Always work at the highest resolution
you can, paying careful attention to the
video’s frame size and rate. Work at
high resolution (digital video’s resolu-
tion is 29.97 frames per second, or fps)

www.emusician.com
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An incredibly powerful audio editor.
Also included: 24-track hard disk recorder.

Introducing the new MX-View Editor for the MX-2424
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Multiple Breakpoint Edit Groups: Pencil Tool:  Virtual Tracks:
Independent Volume Allows you to easily  Lets you "draw”  For performing multiple
Clipboards: Automation: perform edits on clicks and pops out  takes on a single track.
Allows you to store Adds automation groups of individual of your audio tracks.

four separate edits, of track levels tracks (such as drums). '

each in their own clip- without using

board. Convenient for a mixer.

copy/paste creation of
song arrangements.

With TASCAM's MX-View, owners of the MX-2424

hard disk recorder now get an incredibly powerful, no-cost solution

for sophisticated audio editing on their Mac or PC, directly connected
via 100Mb Ethernet. If you're already deep into DAWSs like Pro Tools”",
Cubase SX ', Logic * and Nuendo , the MX-2424 offers the time-stamped
audio fi-e compatibility you need to get the job done right.

Need more info? It's all available at www.mx2424.com.
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a whole world of recording
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and then render the video at a lower
resolution if needed for streaming for-
mats such as Real Media. If you're un-
sure of a video’s properties, start a new
project and then use the Properties op-
tion in the File menu to access the
Match Media setting (the file folder
with an arrow above it). Now choose
the video file provided to you (or that
you captured), and Vegas will automat-
ically match your project properties to
that file. If you render your project to
the same format, your final version
should match the original’s quality.

If the video provided to you already
has sound, consider isolating the exist-
ing soundtrack elements on separate
tracks. When you open a captured
video in Vegas, its audio track appears
as one long file below the video por-
tion. Right-click on the audio-track
icon and choose Duplicate Track; that
places a copy of the audio track directly
under the original captured audio.
Mute the original track, Split the du-
plicate audio Event, separate it into
component chunks (dialog, narration,
and so forth), and move each compo-

nent to a separate track. If necessary,

apply quick fade-ins
and -outs and use
EQ on the separate
Events to help dis-
guise your edits.

To make sure that
Events you've moved
are in sync, you could
look at the waveform
display while compar-
ing the copy to the
muted original. An-
other way to check
would be to unmute
the original audio
track and play it along
with the copy. If your
sync is off, you’ll hear
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FIG. 3: By using Vegas's graphic Volume envelopes, you can easily
raise or lower the levels of small segments of audio. That method can
be useful when you need to duck the music behind a narration track.

slapback doubling on

the copied track. If you're right on, the
dialog should sound twice as loud (3 dB
louder). Don’t forget to either mute or
delete the original audio track when
you've finished your work.

INSIDE AUDIO

Referring to your notes, begin gather-
ing the audio material you need by
recording, finding, and creating new
sounds.

Dialog. If your video has on-camera
sync dialog, you may need to fix or even
replace the production audio with a new
recording. This is called Automatic Dia-
log Replacement (ADR), or loopingin the
trade. The term looping came from the
process of rerecording
dialog by splicing a
tape loop of the ori-
ginal, playing it back
for the talent, and re-
cording while they
repeated their lines.
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FIG. 2: Vegas can be used for Automatic Dialog Replacement. By
dividing the dialog track into discrete Events, you can replace only the

sections you need.
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Vegas can easily
loop dialog and re-
cord new takes. First,

LU
get the talent into
your studio and use
1 00:00:18.22 the same mic and pre-

amp that were used in
the field, if possible.
If identical equip-

ment isn’t obtainable,
choose similar equip-
ment and experiment
with mic positioning,

EQ, and reverb to match the new
recordings to the field tracks.

Then, in Vegas, find the dialog you
need to replace on the Timeline (see
Fig. 2), choosing short segments of not
more than a sentence or two to work
with. Split the Event just before and
just after the offending segment. Insert
a new audio track below the bad track
and solo the two tracks. Next, turn on
Loop Playback, wrap a time region
around the Event to be fixed, put the
new track into record ready, and start
recording. The talent will hear the old
dialog and can then talk along with it
until they get it right—Vegas will record
take after take in the new track. To
switch between takes, you can select the
Event and press T, or you can right-
click on the take for other options.
Make sure that you check the dialog
sync before the talent leaves. Play the
project at 29.97 fps on a larger monitor,
focus on the lips, and listen critically.

It may help if the talent can see them-
selves as they replace their on-camera
dialog, so you should pipe the video to
them through an external monitor if
possible. It’s also useful to insert a
countdown tone to help them know
when to start speaking. To do that, cre-
ate another track and place three beeps
on it spaced a half-second apart. Line
up the new track with the existing
audio so that the dialog to be replaced
starts where the fourth beep would
sound. Make sure the countdown tones
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SAY NO TO NOISE

The New R@DE NT1-A is one of the world’s
quietest microphones.

Why is that important?

Light and dark, hot and cold, loud and quiet!
These are examples of the contrasts found in
nature. A low noise recording will give your
work it's dynamics. It will give you the impact
you dream of. Adding noise from any device,
especially at the source, only degrades your
performance.

The New R@DE NT1-A has a self-noise of
only 5dBA!

No other studio microphone in its class, or
indeed costing many times more can claim this!

RODE

MICROPHONES

RODE MICROPHONES USA - Ph: 310 328 7456

half the sto

1) Muiti award winning, and the world’s
biggest selling studio microphone, the NT1
is now a legend. The New NT1-A continues
this tradition while improving specifications
and tonal qualities.

Low Noise is onl

2) Using cutting edge technology for
the electronics, RADE has implemented
a computer controlled manufacturing line.
Unlike many ‘leading brands’ all electronic
boards are made without ‘human hands’
assuring high specifications, tight tolerances
and unsurpassed consistency.

3) Built to last with a new computer controlled
machining process. The body is then satin
nickel-plated. The NT1-A is designed to last
you a lifetime.

INTERNATIONAL - Ph: 61 2 8765 9333 info@rodemic.com

4) No PAD or Filters. Some microphone
manufacturers include these in their budget
products, but at what cost?

The NT1-A can be used with very high sound
pressure levels without perceptible distortion.
Most people never use a high pass filter on
their microphones. Why pay for features you
don't want or need at the cost of what is really
important, true performance!

5) Complete solution: The NT1-A comes
complete with a dedicated shock mount and
zip pouch. No optional extras to buy.

The new NT1-A, a clear winner.

www.rodemic.com




/\l\)m’o 7~
Vegag

\m@

are within the loop region. The talent
will hear the beep rhythm and know
when to start talking. Delete the tones
after the recording session ends.

To punch in or out on an Event, select
it, wrap a time selection around the
punch area, and give yourself some pre-
roll and postroll to make doing the
punch easier. If you need to replace
only a portion of the Event, split it to
isolate the punch area. Enable Loop
Playback mode to record multiple takes.
Arm the track and start recording. Vegas
will loop the time selection but record
only into the Event you selected.

Narration. You have several options
when it comes to narration. One is to
record the narration in advance and
supply it to your client to use when cut-
ting the video. Another possibility is that
your client will use narration obtained
from another facility or directly from
voice-over talent. In that case, the video
provided to you will have this narration
in place, and you can add further audio
sweetening (such as effects, music, and
mixing). You might also need to replace
the narration or record an entirely new
one in sync with the video.

Ideally, you can follow the techniques
of the ADR method and have your
voice-over talent record his or her con-
tribution, piece by piece, to fit a fin-
ished video. Unfortunately, you might
have to record or use an existing “wild”
(unsynced) narration track and make it
fit with the video. If so, splitting and
arranging smaller chunks, crossfading,
and time-stretching will come in handy.

Sound effects. Sound effects fall into
three main categories: hard effects,
which are synced to some onscreen ac-
tion (a door closing, for example); soft
effects, which are not synced to any ac-
tion but reinforce a scene’s reality (such
as a bird call during an outdoor scene);
and ambient effects, which provide a
general, overall soundscape (for exam-
ple, traffic sounds in a city segment).
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Sources for sound effects include on-
line and CD-based sound-effects li-
braries, your own creations, and the
original video production audio (see
the sidebar “Sound Effects Sources” for
additional candidates). Many profes-
sionals use library sound effects as start-
ing points, although the sounds may
require editing to get them just right.
When you can’t find the right sounds,
you must create them yourself. Roam
the world with a portable recorder to
capture audio. Bring sound-producing
material into your project studio and
record there or create new sounds from
scratch using your sound gear (synths
and samplers) or through Foley. (Foley
is the process of recording sounds in
the studio to match onscreen action.
Sound effects suitable for Foley include
footsteps, clothes rustling, and other
actions that are easy to mimic. A Foley
session is similar to ADR: the Foley
artist watches the video and re-creates
the sounds using various props, and
the results are recorded.)

Another source for sounds, particu-
larly backgrounds, is from the raw pro-
duction audio that is captured during
videotaping. If possible, go back to the
field video to lift sounds. Capture the
footage, open it in Vegas, delete the
video portion, and save only the audio
as a WAV file. When choosing a general
background sound, be aware that when
lowered in the mix, it just may sound
like low-end rumble
or white noise. To
overcome that prob-
lem, feature distinct

contained a needed sound—a bar-code-
scanner beep. Unfortunately, the fac-
tory noise where it was recorded
interfered. I recorded a new beep (my
microwave!) and synced it with the orig-
inal. Using Vegas’s Scrub tool, I rocked
back and forth until I found the origi-
nal beep on the factory track. Next, I
inserted a new audio track for my clean
beep Event. I repeated that procedure
with several other sounds. The out-
come: a low-level general factory back-
ground with up-front hard effects to
match the video action.

When looping backgrounds, the loop
point might sound obvious. To keep it
from standing out, split the Event be-
fore the loop point and trim it slightly.
Trim the next iteration slightly and
then overlap the Events. Experiment
with the fade type to help make the
loop point less noticeable. A similar
technique can work with music loops.
Overlap two Events a beat before the
loop point and experiment with fade
types. To find the beats easily, play the
music and press the M key in time with
the music, placing markers on the
beats. The waveform itself can supply a
visual cue, too.

Once you have suitable sounds, place
them on your hard drive and audition
them in Vegas Explorer. Try rough sync-
ing them with the video to hear how
they work in context. You may discover
that you need to find other sounds. If

sound effects along
with a general am-
bient background.
Also, use EQ or
other effects to make
background sounds
more prominent.
On a project that I
recently completed,
I was able to com-
bine the original
background noise
with a distinct sound
effect to achieve ex-
cellent results. The
production audio

FIG. 4: Vegas includes CD-burning capabilities that can be used for
creating Red Book audio, video CDs, or multimedia CDs, which combine
audio and video in various formats.
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Attention Computer Geeks:

We're introducing a new mixer with features you'll appreciate.

Don’t take it the wrong way—we have more than our share of computer nerds here at
Samson. That’s why the new MDR 8 is more than just a greatsounding 8-channel mixer.
For one, it features our exclusive . HDM is an independent monitoring
bus that eliminates latency when tracking to a PC. You'll find it nowhere else. You will
also find transparent sound, high quality mic preamps and 24-Bit DSP effects that sound
so real, you’ll actually want to use them. At just $229%, the MDR 8 mixer costs less than
most peripherals. And the geek thing? Take it from us. You’ll get used to it.

A U D | O

For more info on MDR Series mixers save your work, close your DAW window and checkout
www.samsontech.com

*Estimated Street Price ©2002 Samson




you're lucky, you’ll have everything you
need, and you'll be able to start put-
ting the sound effects in place.

Music. There are two kinds of music
to use on a video: source and under-
score. Source music comes from action
onscreen, such as a band or radio play-
ing. Underscore music provides the
general mood for the video. Under-
score can be dramatic, evocative of a
historical period or exotic setting, or
just a neutral background filler. Music
can also eliminate the need for ambient
backgrounds.

You can buy library or production
music just as you would sound effects.
Such a purchase will be classified as ei-
ther needle-drop or buyout. With needle-

drop, you pay a fee every time you use a
cut from the library. A buyout lets you
pay one fee and then use the music
whenever you want. You can add original
music to the video, too. Either record
your music separately and drop the com-
pleted piece into the video, or compose
and record your musical parts directly
within Vegas while watching the video.

If you want to use another applica-
tion for music composition, Vegas in-
cludes the Sonic Foundry Virtual MIDI
Router (VMR) so you can either con-
trol Vegas from another MIDI applica-
tion or let Vegas control it. In Vegas,
select Preferences in the Options menu
and navigate to the Sync tab. Under
Generate MIDI Timecode, select the
Sonic Foundry MIDI router and choose
the correct frame rate for your project.
Save the settings, return to the Options
menu, select Timecode, and then use
the Generate MIDI Timecode com-
mand there to send Timecode to the
other program.

SOUND MEETS PICTURE

Never added sound to a video before?
Take these preliminary steps before
you begin working your audio magic.

Meet with the director and pro-
ducer to discuss their particular audio
needs. On-camera dialog and even
narration may already be in place, and
only sound effects and music might
be needed. Go through the video with
your client and take notes about the
soundtrack. Listen carefully to the ex-
isting soundtrack (if there is one). Ask
these questions: What's missing?
What's needed? Burn a timecode win-
dow and watch the video on a larger
monitor, then discuss it together. Use
the timecode numbers to note where
certain sounds should go (see the
sidebar “Burning Timecode into Your
Video”).

Typically, you'll need to be con-
cerned with one or more of the fol-
lowing elements:

Dialog, including replacing ex-
isting onscreen voices.
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Narration, including replacing
existing narration, recording new nar-
ration in sync with the picture, syncing
existing narration to the picture, or
providing narration up front (which the
client uses to edit the video).

Sound effects, including hard
effects matched specifically to screen
action.

Soft effects not synced to ac-
tion and general ambient sounds to
complement the video.

Music, including choosing pre-
existing library music, editing music
produced by another composer, and
composing and recording your own
original score.

After your initial spotting ses-
sion and before you begin working, al-
ways make sure that you and your
client are on the same page. Agree on
all the specific sound elements for the
soundtrack, including placement, feel,
quality, style, instrumentation, musi-
cal genre, mix levels, and so forth.

To control Acid, for example, select
Preferences in the Options menu and
then click on the Sync tab. Under Trig-
ger from MIDI Timecode, select the
Sonic Foundry MIDI router and choose
the frame rate that matches your Vegas
project. Next, select Trigger from MIDI
Timecode under Timecode in the Op-
tions menu. Press Play in Vegas, and
the programs will run in sync. You can
then create your music using Acid, ren-
der the final WAV file, and add it to
your Vegas project. You could also edit
your narration, effects, Foley, ADR, and
other elements in Vegas, then render
the project as an AVI file and import
it into Acid to score the music.

BUILDING YOUR MIX

With all your sounds collected or
recorded, begin editing. Dropping
Events into your project in Vegas and
moving them around in sync with the
picture is straightforward, because what
you see and hear is what you get. When

They may say “throw in some music
here” —you don’t want to pick rock and
find out later that they meant light jazz.
When a client is undecided or seems
apathetic, take the initiative. Put to-
gether test sequences and get the
client to sign off on them. You’ll save
yourself some frustration and lost time
by clearing everything first.

A good video soundtrack cap-
tures viewers' attention and directs
them to what’s important. Soundtracks
work when they present an authentic,
realistic environment that supports the
visual material. Establish a sense of
sonic harmony by limiting yourself to a
specific sound palette. Always include
background ambient sounds and hard
effects that synchronize with onscreen
action. If essential sounds are missing,
the production will seem unreal to
viewers. Finally, like all audio work,
your soundtrack must be balanced,
clear, and distinct, with good separa-
tion among all the individual elements.
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Rhythm Synthesizer
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Korg's four different and distinctive ELECTRIBES cross the spectrum of beats and genres. Used alone,
together, with your favorite MIDI gear or even with turntables, they provide everything it takes to throw
down hot tracks. High-velocity rhythm patterns, cutting-edge sounds, creative sampling/resampling, and
massive groove capabilities guarantee that the beat will never stop, never pause and never die.
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PRO TOOLS

syncing music and hard effects, play
the video and use the M key to insert
markers at hit points. Scrub to find

more precise placement. Hold down
the Alt key and use the left and right
arrow keys to move frame by frame. F8
toggles snapping on and off. Vegas even
remembers your five most recent time
selections; use the Backspace key to
cycle through them.

Work on vocal material first, followed
by hard effects, soft effects, general
backgrounds, and finally music. Go
back and edit until everything starts
working together. Sweeten the tracks
with effects and use the Vegas Level
and Pan features to carefully balance

and automate your final mix. Stay
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under digital 0 dB, compress the mix
slightly, and check for mono compati-
bility. I mix using computer speakers,
Event 20/20s, and the lousy single
speaker in my 13-inch TV monitor.
While each track’s volume fader con-
trols the overall track volume, every
Event also has its own Attack, Sustain,
and Release (ASR) envelope. Place the
cursor near the top left or right Event
edge and click-and-drag inward to cre-
ate an Event fade-in or fade-out. Place
the cursor above the top of an Event
(the cursor will change to the pointing-
hand envelope cursor) and click-and-
drag down to reduce an Event’s level.
Vegas provides a visual representation of
Event waveform-amplitude changes
when you use this tool. Reserve volume
envelopes for other level automation
and use the ASR to tame quick peaks. In
one project I worked on, a dialog track
contained one word that stood out like
a sore thumb. Though I could have
used a compressor or a volume enve-

The GrModeling re"Ever Made.

(EQ Blue Ribbon Award, Future Music Platinum & Best Buy Award, Total Guitar Best Buy Award)

lope to even out the track, it was faster
to split the offending section from the
surrounding audio and lower its sustain
level to tame the peak.

If you don’t want to crossfade Events
on the same track, position two tracks
one below the other and use the ASR
envelope to fade out the top track’s
Event and fade in the second track’s
Event. Choose appropriate fade types
for the Events; that way you<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>