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NEW MIDSIZE

Introducing the 1642-VLI PRO...
4 submix buses, 4 aux sends per

12:2x1- 4 XDR preamps - 4 mono & 4 stereo chs.
+ 3-band EQ @ 12kHz, 25kHz & BOHz + 18dB/oct.@ 75Hz low cut
filter » 2 aux sends per ch. « Constant Loudness pan controls
+ 2 aux returns » RCA tape inputs & outputs + 4 channel inserts
+ XLR & TRS balanced outputs « switchable +4/mic level output
+ ALT 3-4 stereo bus » Control Room matrix with Assign to Main
Mix & separate outputs » Ctl Rm/Phone level control + 12-LED me-
tering plus RUDE Solo light « Aux 1 Pre/Post « EFX to Monitor
+ sealed rotary controls « built-in power supply » steel chassis

1402-VL1 PRO

14x2x1 - 6 XDR preamps * 60mm faders + 6 mono & 4
stereo chs. » 3-band EQ @ 12kHz, 2.5kHz & 80Hz + 18d8/0ct.@ 7SH:
low cut « 2 aux sends per ch. » Constant Loudness pan controls » 2
aux returns « RCA tape inputs & outputs « 6 channel inserts « XLR &
TRS balanced outputs « switchable +4/mic level output « ALT 3-4
stereo bus « Switchable AFL/PFL Solo « Control Room matrix with
Assign to Main Mix & separate outputs + Ctt Rm/Phone level con-
trol « 12-LED metering plus Level Set LED & RUDE Solo light + Aux 1
Pre/Post « EFX to Monitos « sealed rotary controls « built-in power
supply + steel chassis

1604-VL1 PRO

16x4x2 - 16 XDR" preamps * 60mm faders « 16 mono chs.

WARM,DETAILED SOUND
0.0007% THD

NEAR DC-TO-LIGHT
BANDWIDTH

10 XDR™ mic preamplifiers with
the finest sound quality (and

Inserts on the first eight
1642-VLZ" PRO channels.

specifications) ever on a mixer of  J5Hz Jow cut filters on all 10
any size. 0dB to 60dB gain range- ] mic channels. Sharp 18dB/oct.,
10 mons mic inputs

(Chs. 1-10) and 8 mono line
inputs (Chs. 1-8}, with +15dB
to —45dB gain range.

OVER 130dB DYNAMIC
RANGE FOR 24-BIT, 192kHz
SAMPLING RATE INPUTS

ULTRA-LOW IM DISTORTION

& E.LN. AT NORMAL
OPERATING LEVELS

IMPEDANCE INDEPENDENT

BEST RF REJECTION OF ANY
MIXER AVAILABLE

No matter how much you
spend on a microphone, its
ultimate performance de-
pends on how it interacts
with the preamp it's plugged
into. For years, high-end out-
board mic preamps have pro-
vided fidelity that just hasn't
been possible with the
“stock” mic preamps built
into mixing consoles. Until
now. introducing Xtended
Dynamic Range discrete
mic preamplifiers.

_ The first in-mixer
preamps that
can
effortlessly
amplify the
most subtle of sonic nu-
ances, creating an aural pan-
orama that’s breathtakingly
realistic, excitingly vivid and

+ 4 sub buses + main L/R « 3-band EQ with sweepable midrange (12kHz & 80Hz shelving, 100Hz-8kHz mid) +
18dB/oct.@ 75Hz low cut » 6 aux sends per ch.e Constant Loudness pan controls » 4 aux returns » RCA tape
inputs & outputs + 16 channel inserts + 8 direct outse TRS balanced outputs « Switchable AFL/PFL Solo « Con-
trol Room matrix with Assign to Main Mix & separate outputs » Ctl Rm/Phone level control « 12-LED metering
plus Level Set LED & RUDE Solo light « Aux 1& 2 Pre/Post + Aux Send master section w/level controls « Solo
buttons with LEDs « Stereo Aux Return assign section with EFX to Monitor & Main/Submix assign » built-in
power supply » steel chassis » BNC lamp socket » Rotatable |/0 pod allows 5 physical configurations

Sweepable midrange EQ on
Chs. 1-8. Incredibly wide
100Hz-8kHz sweep range
lets you use this control as a
second HF or LF control,
too! Fixed shelving HF EQ at
12kHZ. Shelving LF at 80Hz.

Overload and ultra-sensitive,
hyper-twitchy —20dB Signal
Present LEDS on every channel.

l clunks, P-pops and other crud.

phase accurate circuitry cuts

| infrasonics caused by room and

stage rumble, wind noise, mic

4 aux sends per channel.
15dB of gain above Unity to
drive wimpy effects proces-
sors. Auxes 1 & 2 are pre/
post switchable; Auxes

384 are fixed post-fader.
60mm logasithmic taper faders
with ultra-long-life resistance
elements provide linear volume
change from full-on to co.

truly 3-dimensional in scope.
The first built-in mic preamps
that are impedance
independent and designed with
full protection from hot-patch-
ing and dead shorts. The first
compact mixer with mic
preamps that really do sound
like $500 to $2000-per-channel
esoteric preamps.

It took us two years and a
quarter of a million dollars. And
you probably won't believe it
until you actually audition the
XDR™ circuitry with a high qual-

ity condenser mic. But it'’s true:
Verifiable with your ears.
Verifiable on the lab bench.

XDR’s Controlled Interface
Input Impedance system accepts
an enormous range of imped-
ances without compromising
frequency response. Whether
the mic/cable load is 50 ohms,
150 ohms or 600 ohms, XDR™
mic preamp frequency response
is down less than one tenth of a
dB at 20Hz and 20kHz!

Many mixers that tout low
E.LN. specs can't deliver that

©1999 Mackie Designs. All rights reserved."Mackie.’ the “Running Man~ figure are registered trademaris of Mackse Designs Inc . VLZ PRO and XDR are trademarks of Mackie Designs Inc



— 4 stereo line inputs
(on Chs. 9-16) with +15dB
to —45dB gain range.
Bual headphone ouputs.

RCA inputs and outputs
with tape input level control.

—— On the back: Direct outs (Chs. 1-8, bal./
unbal.), TRS mono main output with level
control, XLR stereo main outputs with
recessed mic/+4 line level switch.

Effects ta Monitor controls on Aux Re-
turns 1& 2 let you fold EFX back into stage
monitor mixes independent of main PA.

Aux Return 3 can be assigned to Main Mix

orSubs1&2or3&4.

Aux Return 4 can be
assigned to Control
Room/Phones only.

— Master Aux Return
Solo switch.

- Tape Input Level.

Tape to Main Mix
switch.

— Level-set LED +
channel strip in-
place stereo
solo buttons
make initial
level setting
fast and
accurate.

- RUDE solo
LED in bright
ecologially-
correct green.

|
Control Room/Phones Section with sepa-
rate headphone and control room level
controls. Source Matrix selects any combi-
nation of Main Mix, Subs 1& 2, Subs 3 & 4
or Tape. In studio applications, the matrix
gives you exceptional monitoring flexibility.
During live mixing, it lets you create a third
stage monitor mix or separate feed.

* 3999 suggested U.S. retail price does not include extra
toppings or optional thick Sicilian crust. Your price may
vary. No user serviceable parts in this footnote.

|
4-band EQ on Chs. 9-16. With
12kHz HF, 3K Hi-Mid, 800Hz
Low-Mid and 80HZ LF.

True 4-bus configuration with.
bus assigns on every channel and
master LR assign switches. Bus
outputs are duplicated (double-
bussed) so you can hook up all 8
channels of a digital recorder
without constant re-patching.

performance at normal +20 to
+30dB gain settings. Our XDR™

frequency response. Plus we direct-
coupled the circuit from input to output
design maintains lower noise and used pole-zero-cancellation constant
levels in this “real world” current biasing. Bottom line for the non-
operating range than ' ' D technical: Our VLZ™PRO Series has
even mega-expensive the best RF| rejection of any mixing
outboard designs. ‘ | J consoles in the world. Period.
The more sensitive \ Hearing is believing. Visit a Mackie
Dealer and audition XDR™mic preamps
with a really high quality condenser

a preamp is, the more
likely it is to also pick up radio

mic. Then get a 1604-VLZ™ PRO.
Think of it as ten expensive

frequency interference (RFi).
XDR™incorporates bifilar wound

esoteric stereo mic preamps...
with a really excellent

DC pulse transformers with high
permeability cores that reject

RFI without cutting audible high  compact mixer attached.
circle #502 on reader service card

LUXURY VLZ PRO MIXER!

10 XDR mic preamp channels and 4 stereo line channels,
channel, sweepable mid EQ and more for just $999°

www.mackie.com

R
il

You asked. We listened. The ultimate
studio mixer value for tracking with a
single 8-track digital recorder.

The new 1642-VLZ™PRO gives you the finest mic
preamps ever offered on a compact mixer. And it's
configured to make recording incredibly easy. Two
dedicated channels for tracking. Eight for monitoring.
And two stereo channels for effects. Plus “double-
bussed” submix outputs so you can feed all 8 channels
of your recorder without having to re-patch.

mic & mono line inputs

mic & stereo inputs

Oud ZIA-Z¥OT

effects i

The 1642-VLI"PRO is packed with goodies in- .
duding sweepable midrange £EQ, 75Hz low aut filters .
to cut room rumble and drum vibrations, Control \
Room/Pheones switching matrix with individual
level controls, four aux sends per channel, constant .
loudness pan control and in-place stereo solo. .

Plus it has a whole ‘nother set of extra i
features just case you also use your mixer for
live performances.

Call toll-free or visit our web site for com-
plete information on the new midsize luxury
1642-VLZ" PRO. Learn why it’s the best
compact studio mixer value on the planet.

A

A
LT N ¥ V4.1 MADE IN WOODINVILLE,
USA BY CERTIFIED
MACKGIDS A FEW OF

WHOM ARE SHOWN ABOVE

800-258-6883



Imagine being able to work

Wlth Rocket Network"" Inte’net Recurding Your voice-over talent is in Sydney. Your favorite

engineer is in New York. You're in London. With

StUdlUS al'lISlS, pmducers, aﬂd EllgIIIBBI’S Rocket Network you can all work together from any
can meet and pr(ldllce pmfessmnal'quahw location as if you were in the same studio, saving you
audio online.

valuable time and money.

Precise control, global reach, and stellar creative
possiblities—Rocket Network can take your work to a

whole new level.

All rights reserved © Rocket Network, Inc. 1999,




with anyone, anywhere, anytime.

Register for a free trial at

www.rocketnetwork.com
NETWORK"®

Internet Recording Studios
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WHAT'S UP WITH DAT?

Digital audio tape is still the favorite format of most
mastering houses, and it’s often the best choice for field
recording. We review the state of DAT recorders and look
at seven affordable units from Fostex, HHB, Panasonic,
Sony, and Tascam.

By Gino Robair

COVER STORY: YOU'RE ON THE AIR

Radio stations are the latest beneficiaries of the personal-
studio revolution, as freelancers produce an ever-increasing
number of station IDs, promos, and commercial spots. When
we asked two of Los Angeles’ top broadcast engineers for
inside tips about producing radio promos, we got some very
enlightening and helpful answers.

By Roger Maycock

ALL THE WORLD'S A STAGE

Have you ever miked a cuica? How about a mrdangam?

Would you even know which end is up? No worries: three | 58
live-sound engineers who specialize in miking world
percussion are here to help.

By Karen Stackpole
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MIXMAN TECHNOLOGIES Mixman Studio Pro 3.0 (Win) remixing software
GAKEWALK/PEAVEY StudioMix MIDI control surface

TC WORKS $park 1.01 (Mac) sterco audio editor
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The Price We Pay

s you have probably noticed, all
prices published in our articles are manufactur-
ers’ suggested retail prices (the MSRP, or “list”
price) for the U.S. market. A manufacturer’s rep-
resentative recently contacted us to complain
about our policy. He pointed out that his com-
pany discounts off the list price, so that the street
price of his product is well below the list price. In
contrast, his competition's list price is lower, but
they do not discount off their list price, so the
street price and list price are the same. As a
result, the street prices of the two products are nearly the same, but their MSRPs
differ significantly. The rep felt that our policy of quoting only list prices was
unfair to his product. He was concerned that our readers would make pur-
chasing decisions based on illusory list prices.

The rep had a good point, as far as it went. If you want to find out the best price
for a particular product, you won’t get a completely clear picture from the
MSRP. So why doesn’t EM quote street prices? Because there is no such thing as
a single “street” price. The same item could sell for one price at a music store in
Los Angeles, cost a bit more direct from the manufacturer, sell for a third price
via mail order, and go for yet another price at a music store in Cleveland.

Street prices vary for several reasons. Some companies sell direct to the pub-
lic at list price, others sell through dealers at discount prices, and a number of
manufacturers do both simultaneously. Small dealers don’t always get the same
wholesale discounts offered to huge megastore chains. Furthermore, even if
two dealers buy a given product at the same price, that doesn’t mean they will
sell it at the same price.

Given all these variables, publishing street prices as the bottom line in a nation-
al (and increasingly international) magazine is meaningless. The only way we can
give EM readers something that even resembles a common frame of reference is
to rely on the MSRP. That’s why every price you see in the magazine—in features,
columns, reviews, and “What's New”—is a list price.

o000 O0CGOONOOSOODODS
A few closing notes: This summer we published a pilot issue of a small but
promising new live-performance magazine, which we tentatively titled Performing
Musician. Now we are revving up this mini-magazine in earnest: in January we'll
begin producing it quarterly.

We have renamed our new live magazine “Onstage, ”which pretty much tells you
where we're taking this project. Much to my delight, EM associate art director Tami
Needham has agreed to direct the new project. You've seen her designs month-
ly in EM, and she’ll be ably assisted by her colleagues in our art department, so
you know Onstage is going to look great.

When Home Recording and Guitar executive editor Mike Levine agreed to
join our staff, we knew the stars were aligned in our favor. We have been try-
ing to get him on our team for quite a while. So Mike will join EM as a full-time
associate editor—and the editor of our Onstage supplement—in time for our
January issue.
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ultra power is now
ultra affordable

at $1695 msre, the new

E5000 Ultra Sampling Synthesizer
is the most affordable Emulator® ever!

The newest member of the E4 Ultra sampler line features:

Ultra Fast 32 bit Processing gives you lightning-quick  oper-
ation and MIDI response, and delivers tight grooves and
sequences with even your most massively layered sounds.

Beat Munging makes the Esooo Ultra the most powerful
dance music tool available—you sample it, we do the rest.
Beat Munging lets you change loop length, tempo (in BPM),
time signature, swing factor, crossfade positions and even the
number of beats within the loop, all in real time!

Ultra Sound Support via the vast Emulator Sound Library and
the ability to quickly and completely import AKAl S-3000/
1000/1100 and Roland S-700 Series sound libraries.

experience the new E5000 Ultra
Sampling Synthesizer at an E-MU

dealer near you

Ultra Upgrades the Esooo Ultra comes with 64 voices, and

can accommodate 128MB of RAM. Like the rest of the Ultra

family, you can upgrade with the many Ultra options available:

e 8 output expander: Expands the 4 balanced outputs to 12.

¢ ADAT 1/0: Adds an additional 16 optical outputs and 8 inputs

e DWAM board: Adds AES-EBU and word clock 1/O, ASCII
interface, and 16 more MIDI channels

¢ Sound ROMs: Add builtin sounds with the E-Synth and
Orbit/Phatt sound ROMs

¢ Flash ROMs: Burn custom ROMs for instant access to your
own sounds

* HD mounting kits: Add an intemal SCSI (up to 9GB) or IDE
(up to 18GB) drive

o EOS Link Remote S/W: Controls your E5o00 from your Mac or PC

circle #504 on reader service card

| = ]
=E-MU
1600 Green Hills Rd., Scotts Valley, CA 85067
Tel: 831.438.1821 Fax: 831.438.8612 www.emi.com

The fotiowing are worldwide trademarks owned or exdlusivety licensed by E-MU/ENSONIQ, registered in the United States, as indicated by ® and in numerous other countries workiwide: E-MU®, the E MU logo, and Emulator®. All other trademarks are

property of their respective owners.
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® LETTERS

guide. Another explained that his job is
not too different from being a lead
singer in a rock band. Not too much
ego there! It is obvious that the DJ is
the performer of the music, and the
dance audience either identifies with
him or her or goes to the next club
down the street.

The DJs were also asked what they
thought it was about electronic music
that affects people so deeply. The an-
swers seemed fairly sincere and had to
do with soul, emotion, and energy: all
the things anyone would want from any
piece of music, whether it be classical,
Jazz, bluegrass, or Balinese barong. It
reminded me of an interview of Janis
Joplin (widely known for the soul, emo-
tion, and energy she put into a song),
when she was asked a similar question.
She gave her interviewer a disbelieving
sidelong glance, threw her head back,
and laughed hysterically.

Fred Treece
via e-mail

MEET YOUR MARKER

R egarding “The Twice-
Baked Mix” by Erik Hawkins (“Record-
ing Musician,” July 1999), I enjoyed the
overall tone of the article but have one
suggestion for creating the MIDI tempo
map. I know that the technique de-
scribed, which took almost an entire
page of a three-page article, is a com-
mon one used by MIDI folks. But there
is a feature within Pro Tools for creating
tempo maps that is dead-on accurate to
the audio, and probably takes a fraction
of the time of the old-school method.

By using Bar & Beat markers, one
simply puts a marker at the appropri-
ate points in the song, by placing the
cursor on the exact audio event and
typing Command-I, or Identify Beat.
Even for a song cut to a click, the
audio rarely is totally in sync with the
click. The Bar & Beat method works
no matter how the track was cut. You
need more markers if the tempo
moves. After the map is created in Pro
Tools, it can be exported to any se-
quencer via Export MIDI.

There are a few gotchas. Bar 1, beat
1, must be at the SMPTE start of the
session, so the downbeat of the song
usually ends up at bar 3 or 5, depend-
ing on how much preroll you want.
Also, sometimes the sequence program
won't recognize the PT generated
tempo map unless there is some MIDI

14 Electronic Musician November 1999

data in the export. Often, I'll import
a bar of nonsense into PT, just to get
the map out. When that map is im-
ported into the sequencer program,
the MIDI will be dead on with the
audio, or as accurate as your map. The
main point is that rather than hit-or-
miss, this method puts tempo changes
exactly where they belong, on the cor-
responding audio events.

I hope you can get some use out of
this technique, because it’s a lot faster
and more accurate than any tap-tempo
exercise.

Lou Giordano
via e-mail

SEARCHING FOR ISOLATION

I was wondering if you can
help me locate a product. I saw this
product in your magazine, and 1
thought it was a great idea. It was a
small cube with a speaker built into it.
It also had a door that allowed enough
room for a microphone to fit inside
the cube.

The idea was that if you needed an
isolation area for an amplified instru-
ment, such as a keyboard or guitar,
you could plug into this, mic it if you
needed to, and play away. If you guys
can in any way help me find out what
this product is called or who the man-
ufacturer is or anything, it would be
greatly appreciated.

Andrew Mitchell
via e-mail

Andrew—You're thinking of Folded Space
Technologies’ Micro Room, which we re-
viewed in the November 1996 issue. You
can contact the company at (770) 427-
8288; fax (404) 321-5094; e-mail fspace@
mindspring.com; Web www.mindspring
-com/~fspace.—Mary C.

REVIEWING REVIEWS

I'm a fan and regular reader
of your magazine. I buy it each month
here in Montreal, Canada.

In my opinion, what your average
reader needs is accurate and timely in-
formation. Yesterday I bought your
September 1999 issue. In that issue,
there are reviews of at least two prod-
ucts that have been available since last
spring! I already read reviews on these
a few months ago in another magazine.

I think that people are relying quite a
bit on your evaluation of a new product

before they decide whether to buy it.
Reviews should be done a lot faster
than they are now.

Carl Pettigrew

via e-mail

Carl—Thanks for your comments. One rea-
son we do not get reviews out as fast as you
(and we) would like is that our authors take
a lot of time to thoroughly test the products
on real projects.

In addition, we run a large number of
reviews of a broad range of products, and we
try to serve up a “balanced diet” in each
issue, combining coverage of transducers,
signal processors, Mac and Windows soft-
ware, sound cards, synths, sample CDs,
and so on. Let’s say a half dozen large Win-
dows product reviews are ready to go at the
same time; we won’t run them all in one
issue, because musicians who don’t use Win-
dows PCs for production will not be well
served. In that type of situation, a few re-
views will have to wait their turn. Of course,
a given review can also be delayed because of
the human factor: authors sometimes have to
turn their attention to other commitments.

That said, we would like to get at least the
key reviews out faster, and we are looking at
ways of accomplishing that.—Steve O.

AWWW, GO ON

I would like to thank every-
one at EM for their superb writing, re-
views, and features. The research that
was available to me in the May (“Seven
Studios of Gold"), June (“The Complete
Desktop Studio”), and July 1999 (“Se-
quencing Games”) issues helped me
construct my awesome studio with G3
400/9 GB, racks and synths, support-
ing peripherals, Cubase VST/24 4.0,
and so on. | have been in production
for 14 years at my appropriately re-
named GEARIlust Studios, and these
articles have helped me make a great
leap forward! Thanks again. Curious
readers can e-mail me for a gear list
(synthman@peakpeak.com).

Marcel
via e-mail

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



“Silencing the
naysayers.”

he established leader in MIDI interfaces, MIDIMAN, announces a new line of high-end
digital audio products designed to silence the naysayers and elevate your projects to
the next plane: the M Audio Line. While maintaining MIDIMAN's spirit of affcrdable,

quality gear, M Audio strikes out in a bold new direction with the introduction of the
Delta series. The Delta series is the first in what promises to be a long. proud lineage of
affordable, high-end digital audio products that will smite non-celievers with the undeni-

able truth of sonic purity.
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DELTA 66"

DELTA DiO 2496’

10 in/10 out PCI Digital Recording SvstemA

Round out any hard-disc based system with the
jow-dropping fidelity of the Deita 1010 PCl Digital
Recording System. The Delta 1010 combines 8
balanced or unbalanced analog inputs and out-
puts with S/PDIF digital, Word Clock. and MIDI I/O.
All channels are capable of 24 bit/96kHz band-
width for the ultimate in sonic purity. To ensure
that your audio is not compromised by your com-
puter's internal noise, the Delra 1010's converters
reside in an external, rack-mountable chassis.

PCI Digital Recording Interface

Do you need an awesome interface for
your hard-disc based system, but find
that the Delta 1010 packs more punch
than you need? Enter the Deita 66 PCI
Digital Recordirg Interface. a PCl Host
card with an external audio break-out
box. The Delta &6 combines 4 high-per-
formance analog inputs and cutputs
with S/PDIF digital 1/Os, cli of which can
be used simultaneously for maximum
flexibility. Like the Delta 1010, all chan-
nels are capable of 24-bitj96kHz
bandwidth to dsliver sonic excellence,
the hallmark of the Delta series.

24 Bit/96 kHz PC1 Digital /0 Card

For those seeking to transfer digital
audio between a computer and
another S/PDIF-capable device
such as a DAT machine, a minidisk
recorder, a DVD player, or an audio
converter, the answer is the Delta
DIO 2496. The Delta DIO PCIi Digital
11O Card comb:nes coaxial and
opftical digital 1/O with stereo ana-
log outputs for 2-Input/4-output
operation at a bandwidth of up to
24-bit/96kHz. In cdditfon, the Delta
DiO provides a high-quality built-in
D/A converter for monitoring or
mixing down from your computer.

For more information call 800-969-6434 or see your local dealer.

1
!

[ A UD IO

800-969-6434 * WWW.MIDIMAN . NET * EMAIL: INFO@MIDIMAN.NET circle #549 on reader service card

. -




WHERE OTHERS H AVE CLOSED
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' .AS IT TURNS OUT, CREATIVITY IS

TR T
OIS _Jy— . J

7

ITH EPFECTS; EDIT VISUALLY USING A 3Fm
FLY YOUR SAMPLES EASILY INTO PROGRAMS,
5 AND SEQUENCES.

DUAL POLYPHONIC ARPEGGIATORS CAN PRODUCE ANYTHING
FROM BASS/LEAD LUINES, GUITAR STRUMMING, OR EVEN
DRUM GROOVES. TRIGGER THEM LIVE OR RECORD THEM INTO
YOUR SONGS WITH REALTIME EXPRESSIVE CONTROL.

[STROENCEN 51 T Livt
0001:01 800

D'C00: All Demo Medie 3

THE CUE LIST LETS YOU ASSEMBLE SONGS AS SECTIONS.
CHAIN THEM TOGETHER TO PRODUCE ARRANGEMENTS AND
REMIXES - EVEN CONVERT YOUR CUE LIST BACK INTO A
SONG FOR FURTHER RECORDING AND EDITING.

FOR MORE INFO VIA FARBACK 12161 32080
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SOMETHING YOU CAN PUT YOUR
FINGER ON.

With all the technical wizardry you'd
expect from the world’s definitive music
workstation, we’ve put something else into
Triton that no one has ever thought of.

You.

With a few touches on its TouchView  inter-
face, you will feel at one with your creativity.
Triton’s logical, refreshingly musical way of
working offers intuitive solutions to cumbersome
music sequencing problems. Solutions which
allow you to work in whatever style most suits
you. Married to one of the most dazzling sound
architectures ever, Triton offers an uncommon
fluidity of form and function.

In a very short time, you will realize that
your possibilities, along with the window to
your creative soul, are wide open. You need

only to give it a Tri.

Super sonic.

A
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By Rick Weldon

'V MGG NUMBER CHART PRO
n most Nashville studios and many
Iother facilities around the United
States, chord progressions are written
in distinctive chord-number charts, pro-
viding a common language for session
musicians. Music Computer Consulting’s
Number Chart Prov. 2 (Mac/Win; $44) is
a custom font package that enables you
to create pro-quality number charts
within any word processing application.
You can make the charts in any system
font and at any point size. You get symbols
that denote first, second, and third end-
ings; 8th- and 16th-note triplets; and most
common chord structures, including 9th;
diminished 7th; 13th; 11th; and 9 {:5). You
also get symbols for split bars, “pushes,”
walk-ups, repeat bars, fermatas, and
codas. You can insert symbols used in
traditional notation above the numbers in
order to show rhythm patterns. Plain text
can also be used anywhere in the chart.
The font can be used with virtually any
Mac or Windows word processor.
Music Computer Consulting; tel. {615)
851-6633; e-mail numchart@aol.com;
Web members.aol.com/numchart.
Circle #401 on Reader Service Card
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V' SUZUKI QCHORD

n a bid to make anyone a musician in
lminutes, Suzuki has released the

QChord ($199), an update of the com-
pany’s ‘70s-era Omnichord. The futuristic-
fooking MIDI instrument has three sets
of 12 buttons that cover major triads,
minor triads, and
7th chords in
each key. You
can play pro-
gressions in a
four-octave range,
using these chords as
well as major and minor 7th,
augmented, and diminished
chords. By using the QChord's pres-
sure-sensitive “strumplate” to activate
the chords, you can give the progres-
sions a guitarlike texture. You can also tap
on the strumplate for hammer dulcimer-
like performances.

You get 100 General MIDI sounds and
ten preset, auto-accompaniment tracks—
automatic bass lines, chord progres-
sions, and rhythms—with control over
tempo and relative volume. Intro/End and
Fill buttons provide variety. You can dis-
able the accompaniment tracks or play

» AUDIO-TECHNICA AT4047/8V
reaking away from the trans-
Bformerless design concept be-
hind Audio-Technica's other 40
Series microphones, the 4047/SV
{$695) cardioid condenser mic incor-
porates a capacitor and a transformer
in its circuitry and is designed to
replicate the response of vintage FET
studio mics. The 4047/SV's two di-
aphragms are gold-plated and aged
with a process designed to ensure
that the mic’s response characteris-
tics remain constant over years of
use. A floating-construction element
is used to provide the best possible
isolation from noise and vibration.

A 12 dB per octave low-cut filter rolls
off the signal below 80 Hz. There is also a
10 dB pad. The mic ships with the
AT8449/SV shock-mount, is finished in a
vintage-style silver matte, and weighs
14.5 ounces. It requires a 48V DC phan-
tom power supply.

According to Audio-Technica, the
4047/SV has a frequency response of

with any or all of them. A pitch-bend
wheel is provided, and onboard effects
include reverb, vibrato, and chorus.

The QChord also accepts optional
Suzuki QCard Song Cartridges ($19.95
each). Ten cartridges are available; each
features 8 to 12 fully orchestrated
accompaniments. Songs contained
on the QCard cartridges
are assembled by
theme; QCards
include Lennon

and McCartney,

Country Clas-

sics, Holiday
Song Favorites,
Religious Stan-
dards, and five

others. A rhythm-only QCard
is also available.

The QChord has a 5-inch speaker and
bass porting. The line output is on a
%-inch unbalanced connector. The unit
can be powered by an included AC
adapter or by eight C batteries. Suzuki
Corp.; tel. {800) 854-1594 or (858) 566-
9710; fax (858) 560-9517; Web www
.suzukimusic.com.

Circle #402 on Reader Service Card

20 Hz to 18 kHz, a dynamic range of
140 dB (at 1 kHz), self-noise of 9 dB, and
a signal-to-noise ratio of 85 dB (at 1 kHz).
The mic boasts a maximum SPL of
149 dB (1 kHz at 1% THD) or 159 dB when
using the 10 dB pad. Audio-Technica
U.S., Inc.; tel. {330) 686-2600; fax (330)
686-0719; e-mail pro@atus.com; Web
www.audio-technica.com.
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Logic Audio 4.0
Unrivaled Power.

Emagic Inc. ’
Tel. +#530.477 1051  E-mail: info@emagic.de y

Fax +530.477 1052  http://www.emagic.de
All righits reserved. Logic® and Logic Audio® are registéred trademarks of Emagic®




Weighted action piano-style keyboard » 64 note polyphony e 64 multi-mode resonant filters ® 100 arpeggiator types ® Complete

The Keys in a Successful Relationship.
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Modular Synthesis Plug-in System e PLG boards add complete synthesizers, polyphony, effects and multitimbral capacity




MIDI control ® 4 Assignable data sliders, 5 assignable knobs ¢ Quick Access key: easily, instantly select your favorite voices

Respond to each other’s needs and touch.

88-Note weighted action MIDI master controller keyboard with aftertouch,
4 assignable sliders, 5 assignable knobs, 3 pedal and 1 breath controller inputs

Excite the passion inside each other.

Incredible, evocative sounds based on the award-winning EX-series including
new stereo-sampled pianos, strings, brass & organ

Grow together.

2 Modular Synthesis plug-in expansion slots to add polyphony,
effects and new synthesis technologies (VL, VH, DX, AN, XG, PF)

Communicate clearly and openly.

To-hast computer connection, SMF playback directly from
SmartMedia, A/D input, XG Works 3.0 Lite sequencer/editing software

Create a long-term relationship with

your perfect partner
SO

& YAMAHA
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not just sounds * Two PLG expansion slots ¢ Ultra-thin, high-capacity SmartMedia™ cards store voice and performance setup



® WHAT'S NEW

SOUND ADVICE o a o

L0GOS

ogos Research Systems has re-
leased a massive collection of tra-

ditional hymns—more than 3,000 in
all—as Standard MIDI Files. Entitled
Steve Green’'s MIDI Hymnal (Win;
$129.95), the CD contains the hymns as
four-part MIDI files that represent SATB
vocal parts. An included application lets
you play these MIDI files without the
need for additional software.

Included in the package is the Logos
Library System, an application that lets
you view the lyrics to hymns as well as
organize and search for related text.
You can search through the collection
by author, title, and subject. You can
also search by words and phrases, and
an index lists the Biblical text that was
the basis for the hymns.

Also included on the disc are sever-
al companion velumes, including 107
Hymn Stories, 101 More Hymn Stories,
and Amazing Grace, which detail the
history behind songs such as “Jesus
Loves Me,” “Silent Night,” and “Amaz-
ing Grace.” Spiritual Lives of Great
Composersis a collection of stories il-
luminating the lives of Handel, Bach,
Schubert, Mendelssohn, Liszt, and oth-
ers. Finally, the entire text of the King
James Version of the Bible is includ-
ed, along with Strong’s Numbers,
which let you easily identify and search
for underlying Greek and Hebrew
waords in the English text. To use the
MIDI Hymnal, you'll need a 386 or bet-
ter PC; Windows 3.1, 95, 98, or NT; and
a sound card. Logos Research Sys-
tems; tel. (800) 875-6467 or (360) 679-
6575; fax (360) 675-8169; e-mail sales@
logos.com; Web www.logos.com or
www.logosbiblesoftware.com.
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> RAREFACTION
arefaction’s Digital Dysfunctions
R(Mac/Win; $149) is a CD-ROM
containing 16-bit, 44.1 kHz mono,

stereo, and split-stereo AIFF files cre-
ated by Chris Grigg. Grigg, a software
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programmer and member of the found-
sound collage group Negativland, com-
piled these tracks from his personal
collection.

The sounds have been digitally man-
gled in Digidesign’s Sound Designer I,
BIAS’s Peak, or Tom Erbe’s SoundHack
to the extent that there are not only in-
consistent levels but also radical jumps
in volume. Audio examples of misused
or broken digital audio gear, video
game-style sound effects, and groups
of nonpitched sounds are listed with
tempos in bpm and have zero cross-
ings at their ends for easy looping.
Other groups include files that have
been pitch-shifted, time-compressed,
or simply slowed down or sped up. One
group of files was derived from Grigg's
television and another from his voice.
Still other files include bleeps, blips,
buzzes, sirens, thuds, and ticks.

Text files provide instruction on how
to make sounds similar to those includ-
ed on the disc. Other files include the
complete text of the U.S. Copyright Act's
Fair Use Law, essays by Negativland,
discussions of court decisions regard-
ing Fair Use cases, and the complete
transcript of a guerrilla interview with
U2 guitarist the Edge by the members of
Negativland, following Island Records’
headline-making lawsuit against the
band and SST, their label at the time.
Rarefaction; tel. (415) 333-POKE; fax {415)
333-5022; e-mail paul@rarefaction.com;
Web www.rarefaction.com.
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V' KID NEPRD

he Kid has been gathering sounds
’rfor Millennium 11 (3200}, the sec-

ond set of sounds made for the
Akai MPC 2000. The collection can be
purchased on CD-ROM or Zip disk and
features new samples of classic synths
such as the Sequential Circuits Prophet
5 and Prophet VS, Fairlight, Korg Wave-
station, Roland Juno, and others. There
are drums collected from the com-
pany’s hip-hop sound libraries and
samples from Simmons MIDI drum
brains, as well as acoustic drum sam-
ples. New recordings of instruments
range from Fender Rhodes electric pi-
anos to East Indian percussion.

Another section of Millennium 11
highlights city and traffic noise. These
urban ambiences were recorded in
New York City using a Tascam DA-
P20 portable DAT and a pair of
Sennheiser MD 431 mics. The record-
ings were then digitally edited in
Macromedia’s Sound Edit 16. You'll
find sirens, honking, passing vehicles,
and street ambiences. If the sound of
the city gets to be too much, you can
load more peaceful sounds, including
forest and jungle ambiences and ani-
mal sounds.

You can also buy the CD-ROM as a
set with its predecessor, Millennium,
for $300. Kid Nepro; tel. (718) 642-7802;
fax (718) 642-8385; e-mail kidnepro@
aol.com; Web www.kidnepro.com.
Circle #406 on Reader Service Card




Sometimes you create ideas on the fly. Other
times you work deep in the details. Your
recording system should allow you to do both.
That's the idea behind Alesis digital audio
technology. Link your ADAT and computer,
and create music exactly the way you want to.

Use ADAT for recording. The M20™, XT20"
and LX20" offer the best way of capturing
music right as it’s happening...in the studio, on
stage, anywhere. You can take tapes to other
studios, or even exchange them with
collaborators around the world.

Alesis Corporation 1633 26th Street Santa Monica CA 90404 800-5-ALESIS www.alesis.com/1PEM01

Then, use ADAT/EDIT™ to nail the details. It
has everything you need — software, hardware,
and cables — for serious computer-based audio
editing. And with the Al-3™ digital interface,
you can record straight to hard disk with the
security of safe, hassle-free archiving on ADAT.

Can an affordable digital audio system offer
you total creative flexibility? With Alesis, the
answer is yes. Contact us at www.alesis.com
or 800-5-ALESIS. Then, combine the power
of ADAT and hard disk...and get the best of
both worlds.

circle #511 on reader service card

® Alesis and ADAT are registered trademarks; X720, LX20, M20, ADAT/EDIT and Al-3 are trademarks of Alesis Corporation.

Other trademarks are the property of their respective holders.

ADAT or Hard Disk? Yes!

Alesis Digital Audio Technology
a complete creative system

atall ...

System includes:

» ADAT/PCR card for your PCl-compatible
Power Mac® or Windows™ 95/98 PC

« Software co-developed by Alesis and Emagic”

* Optical and sync cables

ADAT/EDIT

MAIB Analog/Digital Interface
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® WHAT’'S NEW

l. o Y
LY
CHANGES
pEEA~ O
Adaptec has purchased German soft-
ware developer CeQuadrat, makers of
CD-R and CD-RW recording software
such as WinONCD and justaudio.
Adaptec has also entered into an ex-
clusive partnership with MP3.com.
Under the terms of the agreement, the
two companies will cross-promote
products and develop others to facili-
tate burning CDs of downloaded MP3
files...AKG announced that a break-
through in diaphragm manufacturing
techniques has allowed the manufac-
turer to reduce the retail price on
several of its key large-diaphragm
microphones. These mics include the
SolidTube, now $1,398, and the C 414
B/ULS and C 414/B/TL II, now $1,258
and $1,398. The mics previously re-
tailed for $1,500, $1,332, and $1,751, re-
spectively. All C 414 mics will now ship
with an H100 shock-mount...Nonprofit
organizations Electronic Music Foun-
dation and Leonardo have formed the
EMF/Leonardo Guide to the World
(www.emf.org), a Web-based event
calendar, news broadcaster, and e-mail
update list that focuses on new music
and media...QSC is offering a free
seven-minute video that discusses the
company's PowerWave technology
and other key features of its PLX se-
ries of power amplifiers. To receive
your free copy, contact QSC at (714)
957-7100...Parts Express, distributor
of electronic parts, stage lighting, test
equipment, loudspeaker drivers, and
more, has released a free catalog. To
receive it, call (800) 338-0531, or order
it on the Web at www.partsexpress
.com...Audio Ease has made its Make
a Test Tone v. 2.0 software available
as freeware from the company’s Web
site, www.audioease.com. The Mac-
compatible software generates sine
waves that can be saved as 16- or 24-
bit sound files in SDII, AIFF, WAV, or
Ensoniq Paris format.
—Rick Weldon
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'V BIG BRIAR MOOGERFODGER MF-103

he good Dr. Moog and his staff at
Big Briar have been at it again: the

Moogerfooger MF-103 {$399) has ar-
rived. The MF-103 is a 12-stage phaser
and low-frequency oscillator that is
housed in the same type of wood-and-
steel enclosure as its predecessors,
the MF-101 lowpass filter and
MF-102 ring modulator. It
also boasts the same
control over LFO
rate, LFO amount,
sweep, and reso-
nance. These param-
eters can be adjusted
either by using knobs lo-
cated on the top surface of
the MF-103, or with optional ex-
pression pedals fed in through the unit's
Y%-inch TRS jacks. You can feed a con-
trol voltage on a 2- or 3-conductor cable
in order to control the parameters.

The MF-103 accepts instrument- and
line-level source signals between ~16
and +4 dBm through its urbalanced
Y%-inch input connector. You use the LFO
Rate control to vary the sweep rate from

W OPCODE FERMATA

pcode’'s Fermata notation software
0package {Mac; $59.95) is available

only as a download from the com-
pany’'s Web site. The program’s inter-
face is designed for simplicity, and you
can access most functions with a sin-
gle keystroke or mouse click.

The program features OMS support,
MIDI recording and playback, and
graphic editing of MIDI data using
the Strip Chart (a feature familiar
to users of the company’s Vision
series software). You can change
MIDI Velocity settings so that they
follow dynamics markings.

With the program’s Jazz Artic-
ulation function, you can notate
glissandos, bends, slurs, grace
notes, and falloffs. An EPS file-
capture function lets you save your
work as high-resolution EPS files
for quality printing. Support for
Standard MIDI Files and lyric writ-

File Edit Score Measurss Netes Optiens Windews

0.01 to 2.5 Hz or from 1 to 250 Hz; the LFO
Amount control defines how much the
LFO signal sweeps the phasing. The
Sweep control lets you sweep the phas-
ing over a six-octave range, and the
Resonance control introduces
internal feedback that sharp-
ens the overall sound of
the phaser. Additional
controls include
input-drive and
output-level
knobs, a bypass
switch, and rock-
er switches that let
you choose between low
and high LFO range and be-
tween 6- and 12-stage phasing.
There are two audio outputs, each on
unbalanced %-inch connectors. An LFO
output lets you use the unit to modulate
other voltage-controlled devices. The
MF-103 is powered by a standard 9V
adapter {included). Big Briar, Inc.; tel.
{800) 948-1990 or (828) 251-0090; fax (828)
254-6233; e-mail info@bigbriar.com; Web
www.bigbriar.com.
Circle #407 on Reader Service Card

eral files that can be used as templates.
Fermata comes with a manual in Adobe
PDF format but is sold without technical
support of any kind. A 68020 or faster
Mac running Mac 0S 7 or later is re-
quired. Opcode Systems; tel. (650) 429-
2400; fax (650) 429-2401; e-mail info@
opcode.com; Web www.opcode.com.
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» KORG D186

org’s D16 portable digital studio
K($2,399) expands and improves upon

the capabilities of the company’s
popular D8. The new device samples at
44.1 kHz and employs 24-bit A/D/A con-
verters and 32-bit internal processing. It
can record 8 16-bit tracks simultaneously
and play back 16 tracks, or record 4 and
play back 4 24-bit tracks. Each physical
track is associated with eight virtual
tracks. The D16 ships with a 2.1 GB hard
drive, and a SCSI connector lets you link
up to seven external hard drives.

The 8-bus digital mixer can handle up to
24 tracks, so you can play back 16 record-
ed tracks while routing, mixing, and add-
ing effects to eight other signals. Each of
the 16 channels has a 3-band EQ with
sweepable mid. You get scene automa-
tion as well as automatable faders, pan
knobs, EQ settings, and effects.

» SONIC FOUNDRY VEGAS PRO

onic Foundry is shipping its long-
Sawaited Vegas Pro 24-bit, 96 kHz,

multichannel digital audio record-
ing and editing software (Win; $699).
The program syncs to MTC, supports
multiple sound cards, and uses asyn-
chronous 1/0, which is designed to
allow for better throughput of data to
and from disk. The software’s multi-
threaded architecture allows for the
use of computers with more than one
processor and for simultaneous pro-
cessing of multiple tasks.

Vegas Pro supports multiple file for-
mats, including AIFF, AVI, WAV, and MP3;
can import QuickTime movies and BMP
graphics files; and can export Internet-
specific files such as ASF, WMA, and

V' MOTU 308
ark of the Unicorn’s 308 {$695) is a
M 1U rack-mount, 24-channel digital
audio expansion interface for
MOTU's 2408 and 1224 recording sys-
tems. It can be used with any digital
audio software that supports WAV or
ASIO drivers.
The 308 offers eight channels
each of AES/EBU {on XLR con- |

nectors), electrical S/PDIF (on
RCA), and optical S/PDIF /0. All  KJ

Eight mono insert effects,
two stereo master effects,
and one stereo final effect
are available at any time.
There are 128 preset and
128 user-programmable
insert effects, and 64 pre-
set and 64 user locations
are available for master
effects. Korg's REMS (Res-
onant structure and Electronic circuit
Modeling System) effects, which emu-
late speakers, cabinets, instrument bod-
ies, and more, are included. There is also
a chromatic tuner, a built-in condenser
mic, and an 8-voice PCM drum machine
with 200 preset rhythm patterns.

Input on the D16 includes eight
balanced %-inch inputs, two Neutrik
balanced %-inch/XLR combination con-
nectors, and an unbalanced, high-
impedance guitar input on a Y%-inch

RealNetworks’ RM files. The program’s
real-time resampling allows you to mix
files with multiple bit depths and sampling
rates without a separate conversion stage.
You can even use AIFF and WAV files
within a single track. The software offers
unlimited undo and redo capabilities, and

24 inputs and outputs are simultaneously
available for transfer of up to 24-bit audio
at 44.1 or 48 kHz. The unit provides word-
clock 1/0 on BNC connectors. You can
connect up to three 308 interfaces via the
MOTU PCI-324 card’s Audio Wire jacks.
The front panel of the unit has sampling-
rate indicators and offers a signal-present

CE R L L L LR R.E..

N ™~
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connector. Analog outputs include stereo
RCA master and monitor outs, two unbal-
anced %-inch aux sends, and a %-inch
stereo headphone jack. Stereo S/PDIF
optical digital outputs are also provided.

Korg rates the unit's frequency re-
sponse at 10 Hz to 20 kHz (+1 dB}, S/N
ratio at 100 dB, and TDH+N at 0.02%.
Korg USA, Inc.; tel. (516) 333-9100; fax
(516) 333-9108; e-mail product_suppont@
korgusa.com; Web www.korg.com.
Circle #409 on Reader Service Card

you can simultaneously record and play
back as many tracks as your computer
and audio interface can handle.

DirectX plug-ins are organized in a Plug-
In Manager window. You get 32 effects
sends, 26 output buses, and 26 aux sends;
dithering and noise-shaping plug-ins can
be applied on each bus. The program fea-
tures 4-band graphic EQ and compres-
sors as insert effects on every track. You
can choose from several cressfade types
and can scrub through audio and video.

Vegas Pro requires a 200 MHz or faster
Pentium; Windows 95, 98, or NT 4.0; and
32 MB of RAM. Sonic Foundry; tel. (800)
577-6642 or (608) 256-3133; fax (608) 256-
7300; e-mail sales@sonicfoundry.com;
Web www.sonicfoundry.com.

Circle #410 on Reader Service Card

LED for each input and cutput. In addition
to its main application as an expander,
the 308 can be used as a stand-alone
format converter. Mark of the Unicorn,
Inc.; tel. (617) 576-2760; fax (617) 576-
3609; e-mail info@motu.com; Web www
.motu.com.

Circle #411 on Reader Service Card
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OF MAKING GREAT

Lexicon’s award-winning MPX processors
have made history with multi-effects that
work the way you want them to — giving
you professional studio quality effects at
an affordable price. Whether you're looking
for the best presets on the market, easy
editing, or total control over your effects,
the MPX Series delivers it all, without
compromising the superior sonic quality

you expect from Lexicon.

With high-quality

audio effects, exten-

MPX'1

operation, the MPX 1 has set a new

sive control and easy

standard for sound, flexibility and feature
depth. 56 Pitch, Chorus, EQ, Modulation,
Delay and Reverb effects give you an
enormous array of sounds to combine and
configure in any order you want — as many

as five at once, including uncompromised

Music

reverb available at all times.

200 superbly-crafted presets show off the
MPX 1’s versatility, and an intuitive, inter-
active front panel lets you make quick edits,
or completely re-structure any program.
Packed with innovative design features and
equipped with professional connections, the
MPX 1 is ready to plug and play in any

situation: in a stage rig, in a PA rack, in the

studio or plugged into a digital workstation.

With true stereo
M PX 10 O dual-channel
processing, 24-
bit internal processing, 20-bit A/D-D/A
and S/PDIF digital output, the affordable
MPX 100 packs more features than any
box in its class. 240 presets exploit classic
reverb programs such as Ambience, Plate,
Chamber and Inverse, as well as Tremolo,

Rotary, Chorus, Flange, Pitch, Detune,

5.7 second Delay and Echo. Dual-channel
processing gives you completely indepen-
dent effects on the left and right channels.
A front panel Adjust knob allows
instant manipulation of each effect’s critical
parameters and an Effects Lvl/Balance
knob lets you control effect level or the
balance of dual effect combinations.
Tempo-controlled delays lock to Tap
or MIDI clock, and Tap tempos can

be controlled by audio input, the front
panel Tap button, dual footswitch,
external MIDI controller or MIDI
Program Change.

For ease and affordability combined
with high-end power and quality, Lexicon’s
award-winning MPX processors earn their
reputation every day.

Hear them for yourself at your autho-

rized Lexicon dealer.

MULTI-EFFECTS WITH CLASSIC LEXICON SOUND

VARIATION

SINGLE — PROGRAM — puat
Special Fx User
. Echo s f Ha !
an[l)):l(‘u'rf . -_ ,?:E:rn;:('ay
Chorus, Flange ~
Tremolo, Rotary -
Ambience, Room -
Hall, Chamber *
Plate, Gate

//’ - Chorus - Delay

~ Delay - Reverb
~ Flange - Reverb
+ " Pitch - Reverb
Chorus - Reverd

Www.lexicon.com

|exicon

Heard In All The Right Places
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H AHarman Intemational Company

Lexicon, Inc. * 3 Oak Park, Bedford, MA 01730-1441 * Tel: 781/280-0300 * Fax: 781/280-0490 ¢ Email: info@lexicon.com



® WHAT’'S NEW

A 100M

wo new multi-effects processors
Tfrom Zoom provide new choices

for guitarists and bassists looking
to add to their stompbox arsenal. The
effects on the GFX-707 and BFX-708
($229 each) are optimized for guitar and
bass, respectively, but otherwise are
identical. The processors each com-
bine a drum machine, a 6-second riff
sampler with half-speed playback ca-
pability, a 2-second phrase sampler,
and 48 DSP effects. Each unit offers an
expression pedal that controls volume,
wah wah, and other effect parameters.
The phrase sampler lets you play along
over a sampled phrase, reverse it, and
use the expression pedal to simulate
turntable scratching.

The drum machine has 45 preset
rhythm patterns using PCM samples.
Internal samplers let you sample
sounds and create multilayered effects
in live performance. There are 60 patch
memory locations (30 user, 30 preset)
for storing effects settings.

The processors deliver 48 effects, in-
cluding distortion, reverb, delay, ring
modulator, doubler, and more. Onboard
knobs let you adjust effect parameters
in real time. You can use up to nine ef-
fects simultaneously. Other features
include amp and acoustic-guitar tone
simulators and a chromatic tuner.

An LED shows program and bank in-
formation. There is a stereo headphone
output on a %-inch TRS connector.
Zoom/Samson Technologies Corp. {dis-
tributor); tel. (800) 328-2882; fax (516)
932-3815; e-mail sales@samsontech
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.com; Web www.samsontech.com.
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W PRO MUSIC

ditable karaoke, anyone? Italian
Ehardware and software manufac-

turer Pro Music has released
WinLive 3.0 Professional (Win; $215), a
program that lets you play and edit for-
mat 0 and 1 Standard MIDI Files on the
fly. Editing features include the ability to
adjust tempo, pan, and Velocity set-
tings; send Program Change messages;
transpose tunes; mute channels; and
add chorus and reverb.

You can create and manage playlists
of up to 40 songs each and view the
files in a number of ways. One window
lets you view songs by their orderin a
playlist, providing information on the
artist and the MIDI file’'s name. Another
shows default and saved tempos, trans-
position by a positive or negative num-
ber of semitones, and muted channels.

Three windows are provided for
karaoke performance. Each shows
lyrics in large type. One shows lyrics
only, background images can be in-
serted behind the text in this window. A
second window provides large lyrics in
the upper half of the screen, with the
current chords and a syllabic break-
down of the lyrics on a time line shown
below. A third shows lyrics and MIDI
instrument information by channel.

The program is compatible with GS,
GM, and XG synths and Creative Labs
Sound Blaster cards. Winlive 3.0
Professional requires a PC with at least

a 386 processor and 4 MB of RAM,
running Windows 3.1, 95, 98, or NT. Pro
Music; tel. 39-080-395-8811; fax 39-
080-395-8812; e-mail webmaster@
promusic.net; Web www.promusic.net.
Circle #414 on Reader Service Card

V' MAXON

eissues of several 1970s-era
HMaxon effects pedals are now

shipping. The Japanese pedals
can be powered by a 9V battery or with
an optional AC power adapter ($24.95).
All feature silent FET electronic switch-
ing and an on/off status LED.

The 0D808 overdrive pedal ($195) is a
solid-state device that emulates tube

overdrive as it boosts your signal level.
The AD80 analog delay ($250) provides
delay of up to 300 ms and is designed to
impart a rich, warm analog tone. It has
two outputs and controls for delay time,
feedback, and blend. The PT999 Phase
Tone ($199) features a single knob to
vary the speed of phasing. The D&S dis-
tortion and sustain pedal ($189) also
emulates tube distortion while adding to
your instrument’s sustain. It features
controls for distortion, tone, and bal-
ance. A less aggressive version, the
D&S |1 ($149), is also available.

Other reissued pedals include the
CS-505 stereo chorus ($219) and FL-301
flanger ($219). Godlyke (distributor}; tel.
(973) 835-2100; fax (973) 835-2100;
e-mail godlykehq@aol.com; Web www
.maxonfx.com.

Circle #412 on Reader Service Card



Let the “critics” tell you how easy the
Spirit Digital 328 mixer is to use...

Spin’t's Digital 328 represents a new way of thinking in digital On 328’s equalization:
console design—it bridges the gap between analog ease-of-use “...To my ears, this is one of the most musical sounding
and digital sound quality and features. digital EQs I've ever heard.” — Recording

George Petersen of Mix says: “There are more than a dozen “[One] of the best features of the desk: carefully tai-
entries in the ‘low cost’ category of digital consoles, but in terms lored to provide control ranges similar to those on a
of pricing, performance and fast, logical interface, the Digital 328 top-notch analogue console, it is (dare I say) very
clearly sets itself apart from the pack.” musical.” — Audio Media

Take a few moments to read what he and other “critics” say about O, 3285 effects:
the Digital 328. Then, go to www.spiritbysoundcraft.com on the web
for more information. If you're in the market for an affordable digital
console, you need look no further.

“A strong selling point for this unit is the pair of built-in
stereo Lexicon effects... Having quality effects in the
digital domain makes for clean sounds.” - Electronic

Musician

On 328’s user interface:

“The 328 is a real console interface that imme-
diately feels as close to your comfortable
old analog board as you could want. ..
the consideration that has gone into ev-
ery single button, knob and intercon-
nect is striking.” —~ Recording

“I liked the user interface a lot, and
given that the most-requested
features and digital interfaces
are all included, the price is
excellent.” - Electronic
Musician

“I'like this board. It has a
logical interface and
enough knobs for fast
operation (as such it could
be ideal in a live performance
or broadcast situation) while its
audio performance is clean On 328’s

enough for any recording automation:
application.” - Mix “The automation is straightfor- On 328's unbeatable value:  On 328’s mic preamps:
On 328's E-Strip: ward to set up and works well.” “Allin all, the British have indeed “The mic preamps have
- Audio Media landed with a winner. The more plenty of headroom. .. | was

“The invention of the E-Strip is a

stroke of genius, [giving] instant “Between the user setups, snap- you us.e ”ﬁs boarq, the more surprised at the clarity of the

access to all controls at once on shots and dynamic automation, you will discover its depth and mosi subtle nuances of the

the selected channel.” the 328 remembers everythingex-  Power. With one of these con- percussion, including the last

_ Audio Media cept the line-input trims and soles, you could start a musical hint of sound frorr’z the bell
“The 328 is fast and intuitive, 100Hz rolloff switches. It's easy to reglo luttion. O{IOW (- !reETs atnd cjh’; es?

thanks in large part to its ‘E-Strip’ get used to this way of working.” R ot C G Rl e an

interface. There are no subrou- - Elecironic Musician “This mixer packs a mighty punch

for 85,000 [suggested list price].

tines or hidden pages; anyone fa-  On 328’s connectability:

miliar with an analog consolecan ~ “Clearly, the Digital 328 provides % s;;aur:ds;x;elle;nt, dl(_)es alr;'(;x— 2{’;‘;2 EY qundgriltftvgln&
sitdown at a 328 and be working a multitude of configuration op- vy Z 3 ;’; ang '/ng 8, ' Rocklirt l’(l:l; 9;2".'/.7 19
in a matter of minutes.” - Mix tions suitable for project studios, beifes olvisl (R ,S i Toll Fre'e' 888-459-0410

and has an excellent interface. :

“With Spirit's clever E-Strip design,  POst-production facilities, radio
this digital desk has the feel ofan  sations a';d even live applica-
analogue.” -~ The Mix (UK) tions " - Electronic Musician 8 : I t .

“The 328 interfaces to practically +like this desk Th'ere s nothing
better out there right now than

e U T T anything digital.” - Recording ) : )
the 328." - The Mix (UK) )
\q_lgltal) 326" - The Mix )

e “All in all, it is a delight to use—a real peach!”

three two eight - Audio Media ".R.T

o . AY SOUNDORAFY
WWW, Spll’ltbysoundcra.ft. com All quoies conrtasy of the magazmes attnibuted. ©1909 Sping By Sounderalt, Inc

A bold Step forward in dlg,fa’ M A Hasman International Company
console design.” — Recording

circle #624 on reader service card



- —m o : ,J / =~ - / I : j o sl
B A ., 5 : T
’ - — — N R N— .l -.—J . —-J -—/ - ~~— et

TASCAM MX-2424

3 @ 5 6 7

- — -— Ny -

=2
(2]
—
=]

|
3
|

'
ENEs - -w.-amo

w
&

SAMPLE RATE TIME CODE RECORD MODE SYMC
.woo © 30 @ 2487 .SAMPLE LocK
. 48000 § 2097 . TAPEMODE ¢ CHASE LOCK

2x DROP . PC @ WX MASTER
+ PULL DOWN 2§ MAC © MX SLAVE

NON STD 24 AUTO INPUT « TC CHASE




“w

n
B

g
|

STATUS

~“meeem
lmeo ool

. DISK

~ MID1

o000 m

CAPT

”"'.




® WHAT’S NEW

» MINNETONKA MX51

innetonka’s Mx57 v. 2.0 software
Mallows you to use a Yamaha DSP

Factory or Digital Audio Labs V8 to
author Dolby Digital 5.1 surround sound.
The V8 version lists for $1,500 (upgrades
from MxTrax$901), and the DSP Factory
version costs $895 (upgrades from
MxTrax $396). The program retains all
of the editing and mixing features of
MxTrax and adds 5.1 busing, panning,
and mastering.

Mx51's main window, the Surround
Mixer, lets you custom-build your mixing
surface: you can drag and drop faders;
pan controls; insert effects; solo, mute,
and automate buttons; aux sends; and
other controls. You can drag an auto-
matable Surround Panner window onto
any mixer channel and use it to localize
sounds in a 5.1 soundstage. You can also

'V FOSTEX VM-200/VR-800

ostex has released two comple-
mentary products: the VM-200 digi-

tal mixer ($1,499) and the VR-800
digital multitrack recorder ($749 without
media; $999 with external 250 MB
lomega Zip drive; $1,099 with internal 5.1
GB IDE hard drive).

The VM-200 is a 20-input digital mixer
that offers 32-bit, RISC-based signal pro-
cessing and mixing of 16-bit, 44.1 kHz
digital audio signals. The top surface of
the VM-200 gives you direct access to
pan and EQ functions, providing 12 ro-
tary controls and an interactive, 256 x
64-dot, backlit LCD. It has eight 60 mm,
motorized channel faders and one stereo
master fader.

Each channel features a 4-band para-
metric EQ, analog input-level control,
and illuminated buttons that edit different
functions depending on which mode you
are in. Fostex’'s proprietary Advanced
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drag a SubBass Crossover filter onto
any channel, which allows you to send
the lows to a subwoofer or remove them
from the surround channels. You can set
each filter's crossover frequency sep-
arately.

The V8 version supports V8 plug-ins,
and the DSP Factory version supports

Signal Processing effects-processing
technology is designed to offer higher
gain in the early refiection characteris-
tics of reverbs and to be free of arti-
facts. Effects include reverb, delays,
chorus, flange, pitch shift, and preset
combinations of these. Two stereo ef-
fects can be used simultaneously on
each input. The effects, faders, pan, and
EQ settings can be automated, and 100
scenes can be stored in memory. There
is also a library in which to store 50 EQ
presets.

There are eight analog inputs; chan-
nels 1to 4 use balanced XLR connectors
and channels 5 to 8 use balanced %-inch
connectors. The XLR inputs provide 48V
phantom power. Input for channels 9 to
16 is via an ADAT Optical input, and
channels 17 to 20 are accessed by using
the balanced %-inch effects return jacks.
Each mixer can be completely controlled
via MIDI.

Stereo S/PDIF digital I/0 is available on
RCA jacks and can be used to link two
units in Cascade mode. Eight-channel
ADAT Optical digital I/0 is also provided.

Four effects sends and four returns
are provided on unbalanced %-inch con-
nectors. Stereo analog master output is
on two RCA connectors. You get MIDI
In, Out, and Thru connectors and word-
clock I/0 on BNC connectors.

The VR-800 digital multitrack recorder

DirectX plug-ins. You can link
Mx51 to the company's optional
SurCode 5.1 surround-sound en-
coder application ($995) in order
to save a 6-track master as a
Dolby AC-3 file.

Mx51 generates and slaves to
MIDI Time Code. The V8 version
also syncs to video as either a
master or slave. An optional
Microsoft Force-Feedback joy-
stick ($138) can be used to posi-
tion sounds.

The program requires a Yamaha DSP
Factory or DAL V8 system, a Pentium 200
MHz or faster PC, 64 MB of RAM, and
Windows 95, 98, or NT. Minnetonka Audio
Software, Inc.; tel. (612) 449-0187; fax (612)
449-0318; e-mail info@minnetonkaaudio
.com; Web www.minnetonkaaudio.com.
Circle #415 on Reader Service Card

can simultaneously record up to 8 tracks
of digital audio, and 16 virtual tracks can
be stored. Each track is recorded un-
compressed at 16-bit, 44.1 kHz resolu-
tion. The unit does not have analog I/0;
all audio input and output is in the digital
domain.

The recorder offers nondestructive
editing with copy, paste, move, and
erase; audio scrubbing via a jog/shuttle
wheel; autopunch recording; vari pitch of
+6%; and one level of undo/redo. There
are 99 edit and 99 locate points.

The unit syncs to word clock (on BNC
connectors) and MIDI Clock, slaves to
MTC, and outputs MMC. The recorder
has a SCSI port for storage and backup.
Fostex Corporation of America,; tel. (562)
921-1112; fax (562) 802-1964; e-mail info@
fostex.com; Web www.fostex.com. ®
Circle #416 on Reader Service Card
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If you need industﬁ'a’l-strength software for music
and sound production, then we have your number.

' ) I

New Cakewalk

takes multitrack digital audio and MIDI recording
to the highest level.

» WavePipe * audio processing technology for lightning-fast,
-eal-time effects processing and mixing.
» Export audio to MP3, RealMedia G2, and Windows Media
Technologies formats for delivering audio on the Internét.
+ Expanded support for the Yamaha DSP Factory audio card,
using the AudioX open standard.
+ Enhanced console design for real-time mixing of audio and MIDI tracks.
+ Optimized 4-band parametric EQ available on all audio tracks.
» Guitar tablature and synchronized fretboard display.
* Analog tape style audio scrubbing.
+ Style Enhancer MID! FX plug-in for real-time performance
modeling on MIDI tracks.
= Session Drummer MIDI FX plug-in for creating drum tracks in real-time.
« Over 30 other new features and enhancements.

=voLvE INOWs

Cakewalk Pro Audio 9 is available worldwide.
Visit www.cakewalk.com

or call 888-CAKEWALK y
(617-441-7870 outside U.S.) /f
cakewalk

B m ‘ . A R
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Mute and Boor M ) Fulure Mase Post Magazne New Modks
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Hell Is for Chillin’

Ming + FS supply dense, funked up hip-hop.

By Rick Weldon

ased in New York's dense Hell's
Kitchen neighborhood, Madhattan

Studios is home to Ming + FS (aka
Aaron Albano and Fred Sargolini).
Aside from remixing for the likes of
Biggy Smalls, Coolio, and Li'l Kim, the
two also release albums for other
artists on their own Madhattan label.

On Hell's Kitchen, their debut re-
lease for Om records, Ming + FS hot-
rod their own hip-hop with Rhodes
piano, drum 'n’ bass trappings, and vocal
performances from a variety of New
York-based MCs. The album was re-
corded at Madhattan, an apartment that
the two musicians share.

Each room is used in a particular way.
According to Ming, “Most of what we do
is sample, sequence stuff, or play live to
taped stuff. We have DAT machines,
samplers, two DA-88s, and a bunch of
keyboards.” All of their beats come from
the samplers and the sequenced synths,
and the DA-88s are used mainly for
vocals and live instrumentation. A sec-
ond mixing board resides in another
room and is used mostly for live tracking.
“That would be my bedroom.” laughs
FS. “l can record drums or sample
breaks from records there; | just move

the DA-88s in to track drums. Sometimes
I'll go directly from the board to a DAT.
For a lot of stuff, like bass lines and drum
loops, | don’t bother going to an 8-track
because | can go straight to DAT, putitin
the sampler, and tweak it from there.

When miking drums, FS often uses
just one mic, positioned on the floor.
“We almost never use a sampled
break by itself. We just add some room
sound to the mix of the kicks and snares
and hi-hats that we've already sampled
from records.”

Ming adds that, overall, the process
sounds better "because you maintain
the feel by playing along live. But we
layer all the drum sounds. Sometimes
we’ll want to change the sound of the
beat throughout the song, and we can
do that by changing the layering of the
sound. We'll also try compressing and
overdriving the channel again to bring
out the harmonics, make the sound
even thicker, or make it sound like a
keyboard or a bass tone.”

When recording the MCs who ap-
peared on Hell's Kitchen, FS doubled
each vocal track. But the intricacies of
a doubled rap performance didn’t pose
a problem. “For singers, there's pitch

and rhythm. For rap, it's just rhythm, so
it's actually easier,” he says. Ming inter-
jects, “You'd be surprised to see a guy
smoke a bag of the craziest dope you've
ever seen and then hit the same off-
time rhythm perfectly, twice in a row.”

“Also, there’s a different mentality,”
says FS. “It's not like doing pop music or
rock. When you double a rap, you're
going for more of a gang feeling; it's a
reinforcement. So sometimes it's good to
have some messiness—a little bit, any-
way; it helps cover up their bad breath
control from smoking all that weed.”

To give MCs a starting point, Ming +
FS prepared a rough version of the
songs. “It would basically be a loop of
something for four minutes, with a cou-
ple of drum dropouts just so you don't
get bored out of your skull,” says FS.
“They write their lyrics, and then we
formulate the arrangement together.”

This give and take makes for more
interesting music, but it also requires a
greater amount of time and energy. "I
don’t think people comprehend the kind
of effort it takes to really switch it up,”
Ming comments. “We're looking at
compositions, not necessarily at indi-
vidual samples. After all, we still have
to listen to it in the end, we still have to
be able to have conversations like this
about it. If there isn't much to talk about,
then there's a problem.”

For further information, contact Om
Records: tel. (415) 575-1800; e-mail info@
madhattanstudios.com; Web www
.madhattanstudios.com.

Ming + FS bring new school to Hell’s Kitchen.

34 Electronic Musician November 1999




The DR-770 - 255 professional
sounds, 128 versatile Kkits,
800 patterns,
100 and built-in
digital and ambient effects.

awesome

songs,

Without looking too hard you
can see why the DR-770
blows all

other drum

machines away.
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Take a closer look and you'll see the DR-770 also features

easy to use Realtime and Step Time programming, Sound

VALUE

6?96?@

Layering, Swing function,
Direct Pattern Play, Quick
Search, "Ambience” control,
Roll/Flam button, and a
footswitch jack. What's all
this mean? You can finally
get the drum tracks you've
been after for recording or

jamming quickly and easily.

With the DR-770, it's safe to say we looked closely at what

you wanted, and then delivered it.

BOSS, 5100 S. Eastern Avenue, P.O.Box 910921, Los Angeles, CA 90091-0921;(323) 890-3700 www.rolandus.com
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B1c MUFrF PI

The pedal that started it all! The
distortion countless musicians such as
Hendrix and Santana relied on for its
rich, creamy, violin-like sustain. A
timeless piece, the Big Muff has been
defining the sound of rock guitar for the
past 30 years. From Pink Floyd to the
Chemical Brothers to Korn, everyone
wants a piece of the ‘Pi!

STEREO

POLYCHORUS

The final word in chorus pedals! The
much anticipated reissue of the classic E-
H pedal that Kurt Cobain and Adrian
Belew relied on to create their signature
sounds but now in Stereo and with an
improved signal-to-noise ratio. The
Stereo Polychorus provides the lushest
stereo chorus, rich, chiming flange and
the over the edge effects that made this
versatile pedal legendary.

.—”;
v

SMALL STONE

The most popular phase shifter of all
time reincarnated! The Smashing
Pumpkins rely on the tone of the ‘Stone
so heavily, they taped one to their guitar.
After hearing its full-bodied, three-
dimensional phasing, you wont let yours
out of sight either! From slow, milky
swells to vibrant warbles, the Small Stone
captures it all!

DELUXE ELECTRIC

MISTRESS

The ultimate Flanger! The Electric
Mistress’ array of critically notched and
tuned filters gracefully sweep the sound
spectrum, creating shimmering, ethereal
passages that are truly out of this world.
Exclusive “Filter Matrix” mode disengages
the automatic sweep, allowing manual
positioning of the filter bank to achieve
chime-like metallic tones and other
unique effects.

BAssBALLS

Back by popular demand! One of the
most sought-after units in the Electro-
Harmonix line, Bassballs is available
again! Bassballs’ twin dynamic filters
track picking dynamics at slightly
different frequencies, creating shifting
peaks and notches that simulate human
speech! Distortion mode further
emphasizes vowel-like overtones and
dynamic responsiveness, making
Bassballs the ideal accessory for Bass or
Guitar.

FREQUENCY
ANALYZER

Ring Modulator! One of the most
sophisticated and unusual effects in the
Electro-Harmonix line, the Frequency
Analyzer, used by Devo and others, adds
moving harmonies to the original note
while controllable high order filters
reduce cross product distortion. From
tunable three-voice harmony to anarchic
microtonal sounds, the Frequency
Analyzer is an esoteric accessory for all
instruments.



STEREO

MEMORY MAN

True Stereo Chorus! Dual outputs, 90
degrees out of phase with each other,
provide ultra lush “phased” chorus with
remarkable clarity and depth as well as
300ms of the warm, clean analog delay
the Memory Man line is famous for.
Slapback echo, controlled feedback and
“bathtub” reverb are some of the other
effects this versatile unit affords.

DELUXI

MEMORY MAN
Experience the warmth of analog!
Nothing can compare to the organic sound
of analog delay, and no one does analog
like the Deluxe Memory Man! Up to
550ms of vibrant echo that rivals tape
delay; lush, spatial chorus and haunting
vibrato are just a few of the treats in the
Memory man’ sonic schmorgasbord!
Analog warmth that renders digital delay
obsolete — the Deluxe Memory Man echo
with chorusivibrato!

\
Q-TRON

Improve your Groove! The Electro-
Harmonix Q-Tron — the phattest, funkiest
envelope filter ever made! Features like
switchable Boost and Filter Mix mode
aliow for an unlimited supply of all-new
auto-wah effects that drip with attitude.
Increased frequency response and
improved signal-to-noise ratio make the
Q-Tron perfect for use with any
instrument. Bootsy Collins and George
Clinton already have theirs — How about
you?

Q- TRON+

The ultimate envelope follower! Same
as the original Q-Tron but with added
Effects Loop and Attack Response Switch.
The Effects Loop lets you place an
additional effect between the Q-Tron+5
preamp and filter section without
changing the envelope drive. The added
Response Switch lets the player choose
between a slow, smooth, vowel-like attack
and the fast, snaked response of the
original Q-Tron.

¢lectro-harmonix

16, 20 or 24 bits, no matter how fine you chop, soulful guitarists feel the irregularities of digitally
processed sound. Thats why countless musicians rely on the flowing warmth of Electro-Harmonix
analog effects. Available at leading music stores throughout the world.

Fax: 212.529.0486

www.ehx.com
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MICRO
SYNTHESIZER

Analog synth for guitar. From the
classic vintage sounds of the great early
Moog™ synthesizer to wild custom
creations, the Micro Synthesizer for Guitar
lets the player create those fat analog
synthesizer sounds heard on records by
everyone from George Clinton to the
Police to the Chemical Brothers. The
compact layout of ten slider controls lets
the sonically adventurous guitarist dial in
a virally limitless array of analog
synthesizer sounds.

Bass MICRO
SYNTHESIZER

Analog synth for bass. The Bass Micro
Synthesizer has the same features as the
famed Micro Synthesizer but with a filter
sweep range tailored for bass guitar.

info@ehx.com



he importance of the World Wide
Web for musicians should be ob-
vious by now. MP3 sites abound,
and anyone with a computer can
distribute music to Net-nauts around
the world without a major record label.

The Web is based on a computer lan-
guage called HTML (HyperText Markup
Language). This language uses special
codes that indicate how text and graph-
ics should look when they are accessed
by a Web browser. It also supports the
use of hyperlinks, those underlined
words and phrases within a Web page
that let you jump to other pages when
you click on them.

Unfortunately, HTML suffers from one
major drawback: it describes how in-
formation should look, but it offers no
way to represent what that information
means. As a result, a lot of bandwidth is
wasted on appearances. For example, if
a customer changes an online order,
the remote server must resend all the
text and graphics to update a few num-
bers while your computer sits idly wait-
ing because it knows nothing about
prices or shipping.

One solution to this problem is to use
a more advanced markup language that
represents what the information means,
rather than how it looks. To create such
a language, Internet designers use a
metalanguage—that s, a language that
is used to define other languages. For
instance, HTML was created using the
SGML (Standard Generalized Markup
Language} metalanguage. However,

XML Marks the Spot

New Web languages may boost online music distribution.

By Scott Wilkinson

SGML is quite complex, so a simpler
metalanguage called XML (Extensible
Markup Language) was developed from
it. XML is said to offer 80 percent of the
benefit of SGML with 20 percent of the
effort.

Using XML, any industry can create its
own markup language by establishing a
document type definition {DTD) that rep-
resents the industry’s information in a
meaningful way. in addition, XML incor-
porates the concept of stylesheets, which
allow the information to be presented in
any number of ways on a wide variety of
devices while retaining its basic mean-
ing. For example, you could display a
piece of musical data as notation on a
standard computer screen or personal
digital assistant {PDA), or it could be
played on a Web-savvy audio system,
such as a digital telephone. In addition,
the remote server need not concern itself
with appearances, which should speed
up the World Wide Wait significantly.

In the music world, one promising
development is MML (Music Markup
Language) from the University of Pretoria
in South Africa (http://is.up.ac.za/mml).

MML uses tags to represent musical con-
tent (see Fig. 1), which can be presented
as text, a piano-roll graphic {(as in many
sequencers), standard music notation, or
MIDI files, depending on the receiving
device and its associated stylesheet.

A number of other music markup lan-
guages also exist. One of the oldest of
these is SMDL (Standard Music Descrip-
tion Language), a specific application of
HyTime (Hypermedia/Time-based Struc-
turing Language). HyTime was devel-
oped using SGML. Another example is
MNML (Music Notation Markup Lan-
guage), which is designed for Internet
delivery of Western music notation.

The bottom line is that a music
markup language can greatly facilitate
the visual and audible distribution of
music on the Internet. As these lan-
guages become more commonplace,
we should see an explosion of Web-
based music sites that make today’s
offerings look positively quaint.

Thanks to Steve Mounce, Sami
Nybacka, Tim Bray, Steve Newcomb,
and Jacques Steyn for their help with
this article. ®

<clef>C
<octave>4
<note>:4
<upbeat>[A E]

FT

<bar 1>3[E A] [3E B] [3E:8 CIF:8 [3G C]
<bar 2>[A 0] (3G D] ([3G E])2

<bar 3>[A D] [3E E] ([3E C})2

<bar 4>[3E:2 B:2] R [B E]

FIG. 1: In this short MML file excerpt, simultaneous notes are enclosed in square brackets. The

default rhythmic value is a quarter note; other values are indicated with a colon and number

after the note name. The default octave is 4 {middle C is identified as 4C); other octaves are

indicated with a number before the note name. Repeated notes are enclosed in parentheses

followed by the number of times they repeat.
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random-access digital disk recorder & A
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<“What’s

The use of affordable multitrack hard-
disk recorders is sweeping the globe,
butthere’s a tape-based technology
that’s taken for granted yet rarely used
to its full potential: DAT.

DAT has become a universal
medium for sharing digital audio.
Despite stiff competition from CD-R
and CD-RW, DAT continues to out-
perform other mastering formats

and shows no signs of stopping.

An
update
on the little
format that

could.

By Gino Robair

The suggested retail prices of DAT
machines varies widely—from $900
for a no-frills portable to $11,000
for a fully loaded, time-code-ready
studio unit. In this article, | will ex-
amine a handful of familiar record-
ers that are within the budget
constraints of most personal studios.
But first, let’s have a look at where
DAT came from and the interest-

ing things you can do with it.






WHERE DID DAT COME FROM?

In 1987, the year DAT machines began
to appear at industry trade shows,
home recording was much different
than it is today. The Amiga, Atari, and
Macintosh computers were au courant
for electronic music, the cassette multi-
track recorder was king, and most peo-
ple didn’t have a .com address on their
business cards.

The choices for an affordable 2-track
mastering deck were also different.
Besides analog reel-to-reel and cassette
formats, there was Beta and VHS Hi-Fi,
as well as the Sony PCM-F1 digital for-
mat. With the less expensive analog for-
mats, you had to use noise reduction to
get optimal sound; with VCRs, you were
stuck with an unpleasant compression/
expansion noise-reduction scheme that
the user couldn’t disable; and PCM-F1
was sometimes unreliable and sonically
not too desirable.

AND ALONG CAME DAT

DAT machines combine a couple of
technologies familiar to our circa-1987
home recordist—the videocassette
recorder (VCR) and a pulse-code mod-
ulation (PCM) processor. DAT ma-
chines store digital information on tape
via helical scanning using a miniatur-
ized rotating head. This technology was
originally called Rotary-head DAT, or
R-DAT for short. (Also in development
at the time, though never commercially
released, was a system called Stationary-
head DAT, or S-DAT.)

Although DAT was originally in-
tended as a consumer-oriented digital
replacement of the ubiquitous Philips
analog cassette tape, its success was
nipped in the bud primarily because it
could be used to be make direct digital

copies of compact discs.
The U.S. recording in-
dustry, with the help of
Congress, immediately
sued Sony to prohibit
sales of DAT gear in the
United States and lob-
bied hard for a copy-
protection scheme. The
result was that individ-
uals who wanted an early DAT machine
had to acquire a unit through the gray
market if they wanted to avoid the copy-
protection circuitry. This, of course,
meant that you’d have to take your ma-
chine to Japan or Europe if it needed
servicing-—not very practical for most
consumers.

As it turned out, audio professionals
found DAT to be more stable, easier to
use and maintain, and better-sounding
than the PCM-F1 format, and thus DAT
survived. In fact, “professional” units
even allowed the user to defeat the
copy protection. Today DAT is still the
most common 2-track recording medi-
um used by pros, not to mention the
legions of music fans that occupy the
“taping section” at rock concerts.

In the beginning, DAT brought
promises of better-than-CD audio qual-
ity, an end to wow and flutter, and a re-
liable digital format that didn’t require
a separate VCR. Of course, in these days
of 24-bit, 96 kHz hard-disk recording,
mere “better-than-CD quality” is not the
draw it used to be. Still, DAT contin-
ues to provide a cost-effective medium
for high-quality 2-track recording.

STAYING POWER

To many home recordists in the early
days, DAT seemed like a transitional
format. The biggest question was, “How
long before I have to change formats
again?” The question is still valid today,
because everyone can see the writing
on the wall regarding tape-based
media: affordable, random-access, disk-
based recording formats are everywhere,
so why invest a grand or two in a deck
that will be obsolete in
just a few years?

For starters, digital
audio tape has proven to
be a robust, yet inexpen-

FIG. 1: Fostex D-5
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sive and compact, medi-
um for storing sound.
Thanks to the popularity
of the DTRS (which uses
Hi-8 video cassettes) and
ADAT formats, tape will

FIG. 2: Sony PCM-R500

be with us for a while longer—especially
those of us with huge DAT, ADAT, and
DTRS archives. And in the age of hard-
disk recording and CD-RW, the mighty
DAT machine still offers features that
are unavailable in any other format: up
to two hours of full-frequency digital
audio without compression; high-quality,
low-cost reusable media; and com-
patibility and portability (every 16-bit,
44.1 kHz digital audio tape can play in
any DAT machine, including the
portable ones).

LENGTH IS EVERYTHING

With DAT you can record up to two
uninterrupted hours of music, at a
higher resolution than the average CD.
If you want to double the amount of
record time (and audio quality isn’t an
issue), the ability to record in Long
Play (LP) mode may be a determining
factor in your choice of a DAT deck.

Although there are 180-minute DAT
media on the market, manufacturers
of DAT players for audio use recom-
mend against using such tapes (see the
sidebar “All DAT Media Are Not Cre-
ated Equal”). If you need four hours
of 44.1 kHz, 16-bit audio record time,
Tascam’s DA-302 dual DAT machine
($1,875) is the ticket. In Continuous
Record mode, it will automatically
switch to the second tape once the first
has been fully recorded. It can also do
this in Long Play at 32 kHz, yielding a
total of eight hours of record time.
Need more than that? Tascam claims
you can hook up several DA-302 units
in series to get an amount of record
time limited only by your budget. In
addition, each DA-302 tape well can be
used independently thanks to the sep-
arate S/PDIF input/output, allowing
you to dub off a copy from one side of
the machine while recording with the
other. The unit can also handle high-
speed dubbing duties.

DAT FACE

That traditional-looking tape-deck
exterior of the DAT unit (with play,
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“It gets our award for two simple reasons: It
sounds great, and it's as inexpensive as they
come. You need adjectives? How about fat,
warm, and present? Heck, how about rich,
sexy, and downright delectable? We
won't hide our surprise in learning
that the NT1 held its own, at least
tonally, against mics costing four
and five times the money.”

—EM Editors, January 1998, EM

“The NT1 sounded surprisingly
good on just about everything,
but I especially liked it on
vocals, on acoustic guitar,
and as a drum overhead.
This mic has a very open
and detailed sound with
lots of presence.”

—Brian Knave,
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pause, record, fast forward, and rewind
controls) belies its plentiful yet easy-
to-use features that make DAT a pow-
erful 2-track format. For instance, you
can search for songs on your cassette
deck using the Automatic Music Search
feature, but DAT allows you to search
for specific songs using program ID
numbers.

As with other gear, the overall design
of the DAT machine’s user interface
determines the way the product can be
used. For example, if a particularly use-
ful feature is embedded deep in the
menus, it’s unlikely that the feature
will get much use. Therefore, it’s im-
portant to know which features you will
need in a DAT deck before you go
shopping for one.

THE RESOLUTION ENVELOPE

One factor that will determine the
“sound” of a particular digital recorder
are its A/D converters. Most of the units
I tested for this article have comparable-
sounding converters (I'll discuss the
exceptions below). But even though
you’re stuck with 16-bit resolution with
a standard DAT deck, there’s still room
for improvement in sound quality.
External high-resolution A/D con-
verters and their proprietary dithering
schemes, such as Apogee’s UV22 and
Sony's Super Bit Mapping, yield results
that are superior to those of standard
16-bit converters. Any time you use a
higher-resolution converter, you in-
crease your chances of using the full
16 bits you're allowed on DAT media.
Using outboard converters with a
DAT machine is easy. The first step is to
send your analog signal to the convert-
er for translation into a high-resolution
digital signal. Next, using proprietary
circuitry, the digital word length is

dithered to the 16 bits
that your DAT can han-
dle. Finally, this 16-bit
digital material is sent to
your recorder via a digi-
tal cable. This process
lets you maximize the
number of bits you're

using in the 16-bit word,
resulting in greater res-
olution and sonic trans-
parency than you would get otherwise.

Hearing the difference that high-
resolution converters can make will im-
mediately open your ears to the world
beyond 16 bits. Fortunately, the cost of
these converters is dropping while the
quality is increasing. No matter which
DAT machine you choose, you'll be
able to improve on the audio quality
without having to buy a whole new unit.

SPEED OF SOUND

The choices of sampling rates available to
the consumer haven’t changed much
since the first DAT machines hit the mar-
ket. The biggest difference is that you
can now easily purchase a deck domesti-
cally that records at 44.1 kHz without
Serial Copy Management System (SCMS)
encoding (more on that later). The
widespread—and largely unfounded—
fear in the record industry that average
citizens would use DAT to illegally copy
CDs (as well as prerecorded DATs) kept
the earliest units from being able to
record at 44.1 kHz. Thankfully, that non-
sense is now history.

For those times when you need more
than two hours of record time, many ma-
chines have a Long Play mode that al-
lows you to double that time. In LP mode
the tape speed is halved (4.075 mm per
second), as is the head-rotation speed
(1,000 rpm); and the word length is re-
duced to 12-bit nonlinear quantization.
In addition, LP mode uses a lower sam-
pling rate of 32 kHz—which results in a
reduced upper frequency response of
14.5 kHz due to the Nyquist theorem. It
is possible in some machines to record
16-bit words in Standard Play at 32 kHz,

although I have difficulty

FIG. 3: Panasonic SV-3800
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imagining a use for this
scenario in the personal
studio.

' MALLEABLE SUBCODE
Each DAT recorder allows
I the user to write and erase
~  Start, Skip, and End IDs
any time after the audio

FIG. 4: Tascam DA-45HR

has been recorded. That means you
can change misaligned IDs as well as
erase erroneous ones: the IDs are part
of the subcode; therefore, you never
have to worry about accidentally eras-
ing part of a song when you edit ID
information.

Because I never know when inspira-
tion will strike (and because tape is
cheap), I always have the DAT rolling
when I'm playing. When I'm done, I
listen back and put Start IDs at the
points where there is music I want to
access, and I add Skip IDs at the begin-
nings of sections I don't need. Then I
press Renumber, and my DAT machine
rewinds to the beginning of the tape
and renumbers the Start IDs sequen-
tially. On a unit like the Fostex D-5, this
step also lets you create a Table of Con-
tents on the tape so that you can easily
access songs and timing information.

I also make a habit of adding an End
ID when I finish recording for the day.
This way, I can do an End Search and
easily pickup where I left off.

One thing I take note of immediate-
ly is whether a particular DAT unit goes
directly into Play when I do an ID
search from Stop. The SV-3800 and the
DA-45HR, for example, go into Pause
in this instance. If you press a search
button while these units are playing,
they automatically go into Play when
the correct ID is found. I prefer a deck
that goes directly into Play every time I
do a search; it saves me from having to
reach over and push Play as well.

WHEELS OF FIRE

Yet another wonderful feature of the
DAT machine is the shuttle wheel. On
many machines, this handy device serves
double duty: its primary function is to
shuttle the tape forward and backward—
from one-half to 15 times normal speed,
depending on how far you turn the
knob—so you can quickly locate points
on the tape by ear. Shuttle wheels are
sometimes used for data selection, be-
cause they are perfectly suited for
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scrolling quickly through parameters.

The downside of the shuttle wheel is
that it increases the cost of the recorder;
you can easily save a couple of hundred
dollars by eschewing this particular con-
trol. If you're looking for a second DAT
machine (you do want to make backup
copies of vour work, don’t you?), you
can probably get by without a shuttle
wheel if vour primary deck already has
one. However, I opted for a shuttle
wheel on my second deck so that |
could use it as a backup if my primary
deck was down.

SCMS OF THE UNIVERSE

The solution that was adopted to con-
trol the number of “serial” digital copies
allowed is called the Serial Copy Man-
agement System. SCMS controls the
number of second-generation digital
copies that can be produced with the
IEC-958 Type 11 “consumer” digital in-
terface format (commonly known as
Sony/Philips Digital Interface Format,

or S/PDIF). The setting of ID6 in the
tape’s subcode—not to be confused
with Program number ID6—determines
whether serial copving will be allowed.
Although SCMS is still with us, any-
one with a pro-quality DAT recorder
can relax because AES/EBU digital
connections ignore this subcode in-
formation. However, it's good to ex-
amine the sctup of vour recorder so
that you don’t inadvertently put a “copy
prohibited” code onto vour tape; vou
never know when you may need to
make a digital dub of your music using
a S/PDIF connector, so make sure your
recordings are “copy free.”

THE PLAYERS

Currently, five manufacturers are dis-
tributing DAT machines in the United
States—Fostex, HHB, Panasonic, Sony,
and Tascam—for a total of 15 differ-
ent models priced between $899 and
$3,000. I chose four representative stu-
dio models within this range, as well
as a couple of portable units.

Rather than use this section to run
through all the features of each ma-
chine (you can examine the table for
that information), I'll focus on specific
features that make each unit unique
among the group, as well as common

ALL DAT MEDIA ARE NOT CREATED EQUAL

If you've been around the computer
industry at all, you know that DAT tape
is also used as a back-up storage
medium for data other than digital
audio. Although both kinds of ma-
chines use digital tape, data-storage
machines and tapes are substantially
different in design than those made
for recording audio. Many engineers |
know won't use data-backup tapes for
audio production due to the increased
risk of dropouts and other problems.

These cassettes are often re-
ferred to as Data DATSs, and they come
in lengths that can yield up to 180 min-
utes of recording time. This makes
them attractive to engineers needing
three hours of recording time. How-
‘ever, manufacturers of audio DAT
equipment recommend against using
tapes that play longer than 120 min-
utes, and I'm going to recommend
against using Data DAT tapes in gen-

eral for music. To see why, we need to
L]
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look closely at how DAT tapes are
made, including the tape and the shell.

Like analog tape, digital audio
tape has a magnetic coating that is at-
tached to a plastic backing using an
adhesive binder. Meter-wide sheets of
this tape are manufactured and cut
down into strips that are 4 millimeters
in width for use in DAT cassettes. The
most consistent layer of magnetic
coating happens to be in the center of
these large sheets, and this is the por-
tion that is used for high-quality tape,
especially for Data tapes. In addition,
tape stocks come in different thick-
nesses, and that's where we begin to
get into trouble.

The biggest problem with 180-
minute tapes is that they are a thin-
ner stock than that which is in tapes of
up to 120 minutes, since there’s only
so much room inside a cassette shell.
Audio DAT decks are optimized for a
specific thickness and tension that

-

FIG. 5: Sony PCM-M1

features that may differ on some units
or be missing altogether.

Fostex D-5. Even though it was the
least expensive studio recorder of the
group, the D-5 ($1,029) performed as
well as any of the units. It has one of
the easiest interfaces to navigate (see
Fig. 1). Everything you need is on the
top level, so you won't find yourself de-
scending deep into menus.

The D-5's analog input controls in-
clude a single input volume knob that

shouldn’t exceed that found in the 120-
minute variety.

According to some manufac-
turers, one of the biggest reasons that
Data DAT tapes don’t particularly work
well in audio decks has to do with the
cassette housing or shell. Data DATs
use a different, less expensive housing
(which effects tension and tape
movement) that isn’t up to the stan-
dards that audio DAT machines re-
quire. Data machines and tapes have a
wider tolerance for movement within
the cassette than audio DATs—a tol-
erance that is beyond what audio
recorders can safely handle. The
cheaper shells can cause the tape to
not track properly.

The common misconception is
that tape formulation alone deter-
mines DAT-tape quality. However, it's
the total package—tape and shell—
that determines the ultimate stability
of the DAT media.
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controls both channels, as well as a
center-detented left/right balance knob.
Although I prefer a separate volume
control for each input, a single-knob
setup is not a problem if you're able
to regulate audio levels before they get
to the deck.

The D-5 is also the only studio unit of
the bunch that doesn’t come with a
shuttle wheel. (However, pressing play
and rewind or fast-forward simultane-
ously allows you (o scan the audio in a
similar way.)

One feature I found quite useful on
the D-5 is that vou can create a Table of
Contents (TOC) in the subcode of a
tape. The TOC lists the number of IDs
on the tape, the total time of the
recorded portion of the tape, the
length of each piece identified by an
ID, and the start time of each piece.
This is a handy feature if you're sharing

PUSH ON/OFF

tapes with people who have the capa-
bility of reading TOC material.
Immediate access to all the basic fea-
tures is at your fingertips on the front
panel, including the choice of 48, 44.1,
and 32 kHz (LP) sampling frequencies.
But many of the buttons are tiny, such
as the ID search buttons, Counter
Mode and Reset, Renumber, and Wire-
less Off (which turns off the receiver
for the wireless remote control). For-
tunately, the buttons have enough
space between them that you won’t ac-
cidentally push two at the same time.
The only thing I found inconvenient
on the D-5 was using the Margin Reset.
The Margin is a common feature of
DAT machines that gives you a read-
ing of the input level in decibels. On
the D-5, the display for the Margin
numbers shares the same characters
as the program ID numbers. Unfortu-
nately, you can’t just press the Margin
Reset button to get a reading; you have
to hold it down, because the display
goes back to the program number
when the button is released. I use the
Margin reading to set record levels
with a DAT deck, and keeping a fin-

ger on the Margin Reset button while
adjusting levels can be a nuisance.

Like the front panel, the rear panel
of the D-5 is a model of simplicity: XLR
inputs and outputs for analog connec-
tion, and AES/EBU and optical digi-
tal I/O. Analog 1/0 level (=10 or +4) is
designated using a back panel switch.
(You select the type of digital I/O you
want to use from the front panel.)
There is also a 5-pin DIN plug that ac-
cepts a parallel remote (GPI) input
connector, though the supplied wire-
less remote works just fine.

Sony PCM-R500. The PCM-R500
($1,695), Sony’s midprice studio DAT
recorder, fell within our price range
and features a motor transport with
four direct drives (see Fig.2). The R300
(8995) is similar in many ways to the
R500 but doesn’t include a shuttle
wheel, while the R700 has everything
the R500 has and more. In fact, the lat-
ter two models are so closely matched
that they share a manual.

The R500’s shuttle wheel is actually
two controllers in one. The inner dial is
a data wheel that lets you specify pa-
rameters as you make adjustments in




the menus. The outer dial performs reg-
ular shuttle duties with audio, but it also
selects the menu you want to edit in
data mode. Once I got used to this set-
up, I found it a convenient way to work.

The R500 also adds a time stamp to
your recordings: once you set the date,
day of the week, and time, the unit will
put this information into the subcode
of the tape every time you record. This,
of course, gives you the ability to iden-
tify a tape that is otherwise unlabled. 1
only wish that this feature were stan-
dard on every DAT machine.

The best news about the Sony studio
DAT decks is that they include the com-
pany’s Super Bit Mapping (SBM) tech-
nology. SBM, which is engaged or
defeated using a front-panel switch, con-
verts the analog signal to 20 bits; then it
reduces the word length to 16 bits when
recording to tape, using a proprietary
noise-shaping algorithm. You’'re not
using any sort of encoding/decoding
scheme, so recordings made with SBM
can be played on any other DAT ma-
chine without losing the increased
resolution. SBM is used only when
recording analog sources. [t comes stan-

dard on the R500, mak-
ing this unit a great value
for the money.

Like the D-5, the PCM-
R500 has a handy “wire-
less off” feature and can
play and record all three
sampling rates, includ-
ing 32 kHz Long Play.
But the R500 also lets
you vary the length of
Start IDs; adjust the
threshold for automatic
ID writing (ranging from
-12 to —60 dB, in 1 dB units); and ad-
just the amount of time that a low-level
signal must play (from 1 to 10 seconds
in l-second intervals) before an ID is
automatically written.

One thing [ miss on the R500 is pro-
grammable playback. It has none.
Nevertheless, the R500 makes great-
sounding recordings, with or without
Super Bit Mapping. I left SBM on all
the time because I couldn’t come up
with a reason to leave it off.

Panasonic SV-3800. To my eyes,
the front-panel layout of Panasonic’s
SV-3800 ($1,695) is the most logically

FIG. 6: HHB PDR1000

arranged of the bunch (see Fig.3). The
features I need most when working are
all on the front panel, including the
A/D input selector, End Search but-
ton, and fade buttons. The shuttle
wheel lets you search up to 15 times
the normal tape speed—almost twice
as fast as the other decks in this sur-
vey. It’s also the only studio deck that
doesn’t have built-in rack ears (although
the parts are supplied with the unit).
The nominal output of the SV-3800 is
incrementally variable over an 11 dB
range from +4 dB to -6 dB, then directly
to -10 dB. And like the R500, it lets

Use the VF-1 and realize limitless sonic

UTILITY WRITE  EXIT NUMBER

INALUE

possibilities with your effects.

The VF-1's studio effects are derived
from renowned BOSS and Roland
sources such as the V-Studios,
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you monitor an audio input without a
tape in the drive. The SV-3800 doesn't,
however, read 32 kHz material, in
either Standard or Long Play mode.
One of the things that sets the
SV-3800 apart from the pack is that it
can interface in three digital I/O types:
AES/EBU (XIL.R), S/PDIF coaxial, and
S/PDIF optical. To switch among them
you have to descend a level or two into
the menus. But that’s okay, because it
also gives you a chance to select what
kind of digital signal is sent out over
each of the digital connectors. For ex-
ample, on the digital XL.R connectors

That's DAT

you can select either standard AES
EBU or the consumer-oriented 1EC-958
Type 1l format (which usually comes
over optical or coaxial jacks). This fea-
ture gives the S§V-3800 an even greater
degree of digital-dubbing flexibility.

Thankfully, the rear-pancl DIP
switches that were part of the $V-3700
are gone from the SV-3800, and their
functions are now embedded in the
menus. This means that you can
change the SCMS/ID6 status or digital
I/0 format without having to go be-
hind the unit to do it.

The next step up in a Panasonic DAT
player is the pro-oriented SV-4100
($2,650). It comes with a buffer mem-
ory and can lock to word clock and
blackburst.

Tascam DA-45HR. Although Tascam
has two studio DAT models that are less
expensive (the DA-20 MKII at $975 and

the DA-40 at $1,399), 1 chose o look
at the DA45HR ($2,165) because it can
record in both 24 and 16 bits (scc Fig. 4).
The unit records at doublespeed to get
the 24-bit word length onto tape—
which means your maximum record
time is one hour in High Resolution
mode. In 16-bit Standard Play mode, it
operates as you would expect. The DA-
45HR, however, lacks an L.P mode and
it is the only studio DAT player I used
that doesn’t come with a wireless re-
mote control. You'll need to spring for
the RC-D45 remote ($99) if you want
to work with this deck from a distance.

In sound quality, the 16-bit record-
ings made on the DA-45HR surpassed
those of other 16-bit units, primarily
because the DA-45HR uses a 24-bit A/D
converter and rounds down o 16 bits. |
was able to improve on the sound even
further by using an Apogee PSX-100

Price
Analog Inputs

Analog Outputs
Digital 1/0

Sampling Frequency
ADC Resolution

DAC Resolution

Dynamic Range
Signal to Noise

THD

Nominal Input Level

Nominal Output Level

Frequency Response
LP (12 bit @ 32 kHz)
SP (16 bit @ 44.1 kHz)
SP (16 bit @ 48 kHz)
HR (24-bit record)
HR {20-bit playback)

Shuttle Wheel

Programmed Playback

Wireless Remote

Mic Preamp

Dimensions

Weight

Fostex D-5 HHB PDR1000 Panasonic SV-3800
$1,029 $2,995 $1,695
(2) XLR (2) XLR (2) XLR
{2) XLR (2) RCA (2) XLR
AES/EBU; AES/EBU; AES/EBU;
S/PDIF optical S/PDIF coaxial S/PDIF coaxial and optical
48, 44.1, 32 kHz 48,441, 32 kHz 48, 44.1 kHz
16-bit linear 16-bit linear 16-bit linear
(12-bit nonlinear (12-bit nonlinear
@ 32 kHz LP mode) @ 32 kHz LP mode)
16-bit linear 16-bit linear 16-bit linear
{12-bit nonlinear {12-bit nonlinear
@ 32 kHz LP mode) @ 32 kHz LP mode)
>90dB 90 dB >92 dB
>90dB 90 dB >92 dB
<0.05% (1 kHz) 0.015% <0.03% (1 kHz)
-10/+4 +4 +4
-10/+4 -10 -10to +4

20 Hz-14.5kHz, + 1 dB
20 Hz-20 kHz, + 1 dB
20 Hz-20 kHz, + 1 dB

20 Hz-14.5kHz, + 3 dB
20 Hz-20 kHz, + 3dB
20 Hz-22 kHz, + 3dB

10 Hz-14.5kHz, + 0.5 dB
10 Hz-20 kHz, £ 0.5 dB
10 Hz-22 kHz, + 0.5 dB

nfa n/a n/a
n/a nfa n/a
no no yes
yes no yes
yes no yes
no yes no
19 (W) x5.3(H)" x 15" (D) 16.93 “ (W) x 4.8 (H)" x 12.4" (D) 19“(W)x55(H)" x 14.5" (D)
15 Ibs. 4.3 Ibs. 13 Ibs.
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with UV22_ (Designed in part to let you
create a DAT backup, the PSX-100 can
make 24-bit and 16-bit recordings si-
multancously, which was very helpful
in this particular reviewing situation.)

In HR mode, the DA-45HR’s 24-bit
recordings sounded far superior to the
16-bit tracks made with the same
recorder. The 16-bit recordings seemed
harsher, while the HR tracks had an im-
proved dynamic range and an evenly dis-
tributed frequency range. Even with
the deck’s 20-bit D/A converters, the
greater resolution was apparent.

The DA-45HR lets you title each pro-
gram ID with up to 60 characters for
viewing in the display. You create the
titles, which are added to the subcode,
by using the unit’s data/shuttle wheels
to choose alphanumeric characters.
Because the titles are written into the
subcode, they do not affect the audio

portion of the tape, no matter which
machine you use for playback. The fea-
ture also allows you to cut and paste
characters from one title to the next,
which is convenient when you're doing
mixes of the same piece. Note that
these titles (as well as 24-bit record-
ings) can be read only on a DA-45HR;
they won’t be of any use if you play the
tape in another model of DAT player.
(For further details on the DA45-HR,
see the Quick Pick review in the Au-
gust 1999 issue of EM.)

IN THE FIELD

For many recordists, the ability to make
high-quality recordings outside of the
studio is one of the biggest draws of
DAT technology. For these people, the
state of the portable DAT recorder has
never been better.

The big diffecrence between the

portables and the studio machines is
that the portables include mic preamps
and sometimes phantom power as well.
The mic inputs range from %inch mini-
plugs to XLR jacks on the more ex-
pensive models. The quality of the
preamps and connections keeps get-
ting better, and the durability of the
units is also increasing.

One important thing to consider in a
portable is its battery time. When you
combine mic preamps, phantom power,
a headphone amp, and the regular me-
chanics of recording and playback, you
can see why battery life is a major issue
with portable units. (See “Gear to Go”
in the November 1997 issue of EM for
more on field-recording accessories.)
But the manufacturers are on the case:
the most recent portable decks use bat-
tery power a lot more wisely than pre-
vious models did.

Sony PCM-R500 Tascam DA-45HR Sony PEM-M1 Tascam DA-P1
$1,695 $2,165 $1,000 $2,060
(2) XLR; (2) XLR; stereo minijack (2) XLR;
(2) RCA (2) RCA (2) RCA
{2) XLR; (2) XLR; stereo minijack (2) RCA
(2) RCA {2) RCA ‘
AES/EBU; AES/EBU; S/PDIF S/PDIF coaxial ;
S/PDIF coaxial S/PDIF coaxial (requires a special connector) 1
48, 44.1, 32 kHz 48, 44.1 kHz 48, 44.1, 32 kHz 48, 44.1 kHz
16-bit linear 16-bit linear 16-bit linear 16-bit linear 5
(12-bit nonlinear 24 bit (HR Mode) (12-bit nonlinear
@ 32 kHz LP mode) @ 32 kHz LP mode)
16-bit linear 16-bit linear 16-bit linear 16-bit linear
(12-bit nonlinear 20 bit (HR Mode) {12-bit nonlinear
@ 32 kHz LP mode) @ 32 kHz LP mode)
>90 dB >100 dB (SP); >87 dB >93 dB |
>105 dB (HR) :
>90 dB >105 dB (SP); >87 dB >92 dB
>105 dB (HR)
<0.05% (1 kHz) <0.004% (1 kHz) <0.008% (1 kHz) <0.004%
-12to +4 +4/-10 10 +4/-10
-12to0 +4 +4/-10 -10 -10
20 Hz-14.5 kHz, + 0.5 dB n/a 20 Hz-145kHz, + 1 dB 10 Hz-14.5kHz, + 0.5dB
20 Hz-20 kHz, + 0.5 dB 20 Hz-20 kHz 20 Hz-20 kHz, + 1 dB 10 Hz-20 kHz, £ 0.5 dB
20 Hz-20 kHz, + 0.5 dB 20 Hz-20 kHz 20 Hz-22 kHz, + 1 dB 10 Hz-22 kHz, £ 0.5 dB
n/a 20 Hz-20 kHz n/a n/a
n/a 20 Hz-20 kHz n/a n/a
yes yes no no
no yes no no
yes no no no
no no yes yes
11.93 “ (W) x .72 (H)" x 2.2" (D) 9.45" (W) x 3.74" (H) x 6.97" (D) 19 “ (W) x 5.75 (H)" x 14" (D} 3.75" (W) x4.62 (H)" x 1.15" (D) |
15.87 Ibs. 18.25 Ibs. .88 Ibs. 3.10bs.
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With these issues in mind, let’s look
at three popular DAT portables.

Sony PCM-M1. The latest in a line of
highly popular, low-cost portable DAT
recorders from Sony, the PCM-M1
($1,000; see Fig.5) includes a number of
key improvements over Sony’s lowest-

priced portable, the D8 ($899). The
main differences between the two units
is that the M1 takes fewer batteries
(two), has a longer playing time using
rechargeable batteries supplied with
the unit (three hours and 45 minutes),
allows you to defeat SCMS, and has im-
proved mic preamps. The PCM-M1, un-
like the D8, comes with an AC adapter.

The Walkman-style interface of the
M1 helps you get up and running very
quickly. The various buttons and
switches are easy to understand. How-
ever, because they’re scattered around

“It didn't take long for the TLM 103
to emerge as our benchmark mic
during the comparative tests.
This is a premium microphone
characterized by an open, articulate,
very natural sound; super resolution;
big, tight, detailed lows; and a
distinctive presence boost that
yields a delicious, intimate quality.”
Brian Knave, Electronic Musician,
September, 1998

“The TLM 103 is certainly worthy of
the Neumann name. It sounds
excellent and looks and feels like a
quality instrument.”
Steve La Cerra,

EQ Magazine, May 1998

“I found applications where |
preferred the TLM 103 over anything
else in the mic cabinet. It was
excellent on drums, harmonica and
sax as well as certain singers who
would also sound good on a U 87."
Barry Rudolf, Mix Magazine,
February 1998

Everyone

Step Up 'To
ANgUH[l)aI]ﬂ

World Cool Stuff

“On acoustic guitar, the overall tonal
balance is excellent without any EQ.”
Rick Chinn, Audio Media,
April 1998

“I really like this mic. I'd recommend
it to anyone who records with
closely placed mics, essentially who
does modern multitrack recording.”
Monte McGuire, Recording
Magazine, February 1998

“This is a no-hype microphone, and
may be one of the most natural,
flattest-sounding large-diaphragm
designs I've heard.”
Loren Alldrin, Pro Audio Review,
January, 1998

“The TLM 103 is a real jewel in
any mic collection.”
Michael Delugg, Music Production
Supervisor for The Late Show
With David Letterman

who tries

the TLM 103
loves it. Why?
Because it brings
the classic sound and
precision quality for
which Neumann is
famous to a price under
$1000 US. Thats also why
it's won a host of prestigious
awards, including the Aix
Foundation TEC Award, the EQ
Blue Ribbon Award, the Radio

Award and the
Post  Magazine
Professional's
Chotce Award.
Of course, our
goal in designing the
TLM 103 was not to
win praise or awards
for ourselves, but to provide
YOU with the best tools so
that you might win awards
for yourself. Now, go out and
bring home a Grammy...

|

Tbe Choice of Those Who Can Hear The Difference

Tel: 860.434.5220 » FAX: 860.434.3148 « Web: http.//www.neumannusa.com
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the body of the recorder, accessing
some of them is difficult when the unit
is inside its protective case.

The M1 sounds better and is easier to
operate than earlier Sony portables.
To further improve the M1's sound and
interfacing capabilities, Sony sells the
SBM-1 Super Bit Mapping attachment
($550), which not only gives you the
increased sound quality of 20-bit A/D
converters but also includes a pair of
%inch inputs, a pair of RCA inputs, a
3.5 mm stereo miniconnector for line
input and headphone output, inde-
pendent level adjustment for the two
channels, and even a 20 dB mic pad.
The price of the SBM-1 attachment
may seem a little steep at first, but keep
in mind that it gives you both increased
digital resolution and pro connectors—
all in a unit that’s roughly the same
size as the M1 itself.

Interestingly, the M1 doesn’t have a
power switch. Also, it wouldn’t let me
exercise a blank tape before recording
(even though the manual suggested
doing this). Exercising the tape is an im-
portant step: you fast-forward to the end
of the tape and then rewind to the be-
ginning. This helps the tape wind evenly
throughout and removes any extraneous
elements that are clinging to it. Unfor-
tunately, because the M1 wouldn’t allow
it, I had to use the Sony PCM-R500 for
this task.

Tascam DA-P1. Yes, it does cost twice
as much as the PCM-M1, but Tascam’s
DA-P1 ($2,060) is a fully professional
unit that could just as easily serve as a
studio DAT machine when you’re not
in the field. The DA-P1 has a pair of
balanced XLR mic/line inputs, phan-
tom power, RCA jacks for line-level ana-
log 1/0, SCMS-free coaxial digital I/0,
and separate level controls for each ana-
log input channel. The unit comes with
all of the ID functions you would ex-
pect from a pro DAT deck.

The DA-P1 also includes a Hold
switch; once you’re in Record or Play
mode, use Hold to disable the other
controls so that you won’t accidentally
stop the machine or change a setting.
You can also illuminate the display,
though only for 10-second intervals;
that means you will be hitting the dis-
play button over and over again when
setting levels in the dark.

That point aside, I've used several DA-
P1 units over the years for various proj-
ects and have never been disappointed
by their sound or function. (For more

For manufacturer information, please see Contact Sheet, p. 179.
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companion to

the VM-200,

the new, all-

digital VR-800

offers eight channels of

sparkling 44.1kHz digital recording
on your choice of media.
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information on the DA-P1, see the
review in the July 1997 issue of EM.)
HHB PDR1000. The next step up in
price takes us to the HHB PDR1000
($2,995; see Fig.6). The unit I received
was actually the fully loaded time-code
model known as the PDR1000/TC Plus

%‘.
PSI10B

3

!
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PS110B with grill
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($6,995). On its own, however, the
PDR1000 comes suited up with a soft
case, an RB110 dual-bay battery re-
charger (which also serves as the AC
power supply), and an MHB220 nickel-
metal-hydride battery. This particular
battery is purported to show fewer signs
of “memory effect” trouble than nickel-
cadmium rechargeable batteries. To
extend the battery life, the recharger
has a handy “refresh” feature that com-
pletely discharges the battery before
recharging it.

What's remarkable about the PDR-

W o rl d

(Canine SubWooferus)

Subwoofers. The industry has a full smorgasbord
of subs that all claim superior performance. Knowing
that your purchase decision can effect the longevity
of your swdio, so many choices and proclamations
make the selection process cause for serious indigestion.

Tannoy offers two simply powerful solutions.
The PSII0B (10 inch) project sub sports all the
features and flexibility required for 5.1 multi-channel
mixing. Most importantly, it's so affordable, multiple

It's « |

units can be obtained for true low frequency |

steering without putting you in the dog house. If you
require high enough SPL to shake up

your milk bone, then perhaps the O
exhilarating PS1158B, (15 inch) sub
may be the puppy you're looking
for. Whatever your need, we
guarantee a Tannoy sub will go
down well.

Because the future of your
business and perhaps your next meal ticket
depends upon the performance of your mix, don't
compromise by using inferior subwoofer products.
Invest in proven performance because it's a
dog-eat-dog world out there.

FOR THOSE WHO KNOW

TOLL FREE DEALER ORDER HOT LINE: (FAX) |-800-525-7081
Tannoy/TGI North America* 300 Gage Avenue, Unit | < Kitchener, Ontario,
Canada N2M 2C8+519 745 1158+ Fax: 519 745 2364

www.tannoy.com
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1000 is that it’s so light (4.3 pounds),
even with the addition of the time-code
unit. And I really appreciate the de-
sign of the carrying case, which allows
easy access to the sides of the unit
(where connections are made) as well
as to the top and front.

The PDR1000 features that I was
most thrilled about include a 4-head/
4-motor transport, a pair of balanced
XL.R mic/+4 dB line inputs, a built-in
speaker for field monitoring, and the
ability to read and record in 32 kHz/
L.LP or 32 kHz/SP modes. Because the
PDR1000 has four heads, you can mon-
itor either the source or the tape. The
unit can also add a time stamp to the
subcode of a tape for identification.

The PDR1000 allows you to lock the
input-level controls once you have set
them. In addition, a separate Key Hold
button disables all of the controls that
could potentially disrupt a recording,
so you can further secure your player in
a field-recording situation.

The mic preamps sound very good
and were perhaps a little hotter than
those of the other portable units I
used. The recording experience was
further enhanced by the HM1000
($350), a 5-position mid-side head-
phone matrix switch that allowed me
to choose among several headphone
monitoring settings: stereo, mono left,
mono right, M-S stereo, and mono
sum. The headphone matrix (which
does not come standard but is essential
for the serious concert recordist), com-
bined with an AKG C 426 stereo mic,
enabled me to dial in the perfect
stereo-mic setting, since I could switch
between monitoring the stereo spread,
the sound of the individual channels,
and the overall mono compatibility.

DAT'S ALL, FOLKS

Whether it’s a stereo recorder or a mas-
tering or mixdown device you need,
DAT is still a strong option, and one
that will be with us for some time to
come. After 12 years of service, it has
shown itself to be a rugged, durable
technology with a lot of flexibility. Even
within DAT’s 16-bit limit, you can now
get better results than ever before with
the advent of affordable outboard dig-
ital converters.

Gino Robair, an associate editor at EM, for-
mally apologizes for all the puns on the
DAT acronym. Special thanks to AKG and
Whirlwind/US Audio.
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Introducing WavePRO 24-bit digital recording gear

v 24-bit recording
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By ROGER MAYCOCK

's the tools for music production become increasingly more sophisticat-
ed and affordable, the home studio continues to evolve as a facility where we
can produce income-generating projects of all types. We now live in a
world where record = projects, commercials, and music scoring or sound-
effects design for & TV and film are commonly produced off-site—a
practice that was o inconceivable ten years ago.

Not to be left be- Z hind, the radio-broadcast community has jumped
w

>

on the bandwagon. Many of the same tools that musicians and record-

ing engineers use for music production are also used in the construc-
tion of radio materi- © al. The difference with producing material
expressly for radio o broadcast {(such as in-house station IDs, com-
mercial spots, and sta- €  tion promos) is not the equipment but the
attitude. These spots are ¢ usually relatively short, tightly edited, load-

ed with snippets of music, ¢  and often heavy on sound effects, either

: A - .
to create an aural environ- Y ment (say, making the dialog sound

as though it were recorded on a downtown street corner) or to
generate a sonically aggressive & promo.

Most important, you rarely have (\/ more than a minute to get
the message across, so the announce- b ment takes precedence
over all else. Ron Shapiro, imaging/creative A services director
at KCMG Mega 100 FM in Los Angeles, puts it OIC’ this way:
“Brevity is best. If a promo goes beyond 60 seconds,
you're likely to lose the listener. Most of the producers | know

generally attempt to keep these promos between 30 and 40 seconds. For

UL ILLUSTRATION BY RON BrOWN

i

the most part, people perceive the promo as just another com-

mercial and will tune out if it’s too long.”
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circle #529 on reader service card




the number of tracks that are found in
a typical project.

For the musician or composer, if you
have only eight audio tracks, you prob-
ably use a lot of MIDI tracks. For an
audio-only project, most musicians
prefer to have 16 to 24 audio tracks or
more, and it's common to find 96-track
production rooms. For radio spots,
though, things are very different.

The radio promo usually consists of
between eight and ten audio tracks at
the multitrack stage of production, and
rarely more than a dozen. Why is that?
According to Shapiro, “A typical radio
promo has two tracks for voices. This
frequently takes the form of a primary
VO and a secondary voice that re-
sponds, or otherwise interacts, with the
principal voice. Music and effects usu-
ally consist of stereo pairs, each sepa-
rated for better control over the mix.
My multitrack environment frequently
consists of primary and secondary VOs
on tracks 1 and 2. Music bed number 1
goes on tracks 3 and 4, while music bed

number 2 resides on tracks 5
and 6. Ambient crowd noise
or sound effects will follow on
tracks 7 and 8 and perhaps
tracks 9 and 10.” Figure 1 shows
this track arrangement.

There are no hard-and-fast
rules when it comes to radio
production. If you find that
you need a certain type of EQ
or effect on a particular seg-
ment of a track, you will most
likely find it easier to accom-
plish your goal if you isolate
that section of material. With
some simple cut-and-paste
editing, you can move a seg-
ment of a particular track onto
a dedicated track. In doing so,
you immediately have the free-
dom to process that segment
without the fear of affecting
the remaining material.

LIBRARY RESOURCES

In the overwhelming majority of in-
stances, radio producers rely on li-
braries to provide music and sound
effects. Why not create your own? Sim-
ply put, the answer is lack of time. In
order to feed that 24-hour, seven-day
pipeline, it’s infinitely more practical
to use libraries. In the time that it
takes you to compose, record, and mix
a 30-second music bed, another radio
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FIG. 1: Here is a good example of how the various tracks of a radio spot are typically organized: VOs
on tracks 1 and 2, in addition to two stereo music beds. Note the crossfade in the middle of tracks
5 and 6. This provides a smoother transition from one music segment to another.
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Don Elliot, house voice for Los Angeles—based KFI AM and
KOST FM, uses a PC running |QS Software Audio Workshop
(SAW) as his primary recording and editing tool. His home
studio includes JBL 4411 monitor speakers, a Sennheiser
416 microphone, and a Mackie 1604 VLZ compact mixer.

producer will have finished several
spots. According to Don Elliot, house
voice for KFI AM and KOST FM in Los
Angeles, “Radio is a very fast-paced
business. The demands of a 24-hour,
seven-day system force us to deliver
program material in sizable quanti-
ties. Music and sound-effects libraries
are the only realistic way to meet the
demand.”

One of the best-known music pro-
viders is a company called Brown Bag.
It is considered the Rolls Royce of the
radio-promo business, and its music is
available as CD Red Book audio, so you
usually play the music bed into your
recording system. (Most multitrack ed-
itors don’t let you rip audio from CD in
the digital domain, and radio engineers
rarely use 2-track editing programs,
which often have this feature.) Other
companies make their libraries avail-
able as WAV files, allowing you to im-
port the music data directly into your
digital audio workstation. Music and
sound-effects libraries are also avail-
able on hard disk.

Because the music and sound-effects
libraries are professionally mixed and
mastered elsewhere, they generally oc-
cupy one or two stereo pairs of tracks.
If composing is your passion, perhaps
you should look into producing music
libraries. But if bringing all the ele-
ments together and creating something
that leaps out of the speaker and drives
the point home in 30 seconds would
be a welcome challenge, producing
radio promos might be for you.
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TOOLS OF THE TRADE

Due to its random-access editing capa-
bility, the computer has become the
principal force in radio production.
Although you could do the job on a
linear system (such as an MDM), a
computer-based system provides far
more visual feedback. Which multitrack
editing software you use really doesn't
matter; the important thing is to have
the level of editing capability that is
found only in a software editor.

You'll also need a good sound card
or other computer audio interface. The
important issue here is to select a sys-
tem that effectively communicates with
the other audio hardware you own. (EM
has covered this subject repeatedly over
the years. For a look at PC sound cards,
check out “Playing the Slots” in the

digi

March 1998 issue. “Digital
Pipelines,” in the April 1999
issue, offers an overview of
digital connectivity, includ-
ing sound cards. Finally, EM’s
Personal Studio Buyer’s Guide
features a huge listing of dig-
ital audio workstations, in-
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You will certainly want the
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output capability will be a
must. In many cases, a simple
2-channel digital 1/O system
will serve you well. Because
source music and sound effects
from libraries are already professionally
mixed and mastered, you can play the
program material into your system and
slide it around to fit your needs later.
Sometimes you will need to sample
a sound for use as an effect. In the
radio world, the two most popular tools
for this purpose are portable DAT and
MiniDisc (MD) recorders. MD has ex-
perienced less than a wonderful re-

bid.co

Auction Netys

GET ON AND GET OFF.
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FIG. 2: We're reducing and eliminating sibilant sounds from
a dialog track using a compressor and notch filter in Sonic
Foundry Sound Forge's Multi-Band Dynamics area.

ception in most sectors of the audio
community, mostly because it employs
ATRAC, a data-compression algorithm
that sacrifices a calculated amount of
the audio signal in order to record
smaller files. However, the format has
done quite well in radio broadcast,
where the signal will be compressed
several times anyway. (I'll discuss this in
detail later.)

YOu WON'T FIND ART
DECO COCKTAIL
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BABIES ON DIGIBID.
YOU WILL FIND THE
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AFTER.
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CAN FIND EVERYTHING
FROM ALESIS TO
ZILDJIAN—AT RIGHT
PRICES. AND THE
BEST GEAR DEALS ON
THE PLANET ARE THE
MOST FUN, ESPECIALLY
WHEN THEY'RE ALL
100% GUARANTEED.

GET ON AND GET OFF.
WWW.DIGIBID.COM
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If you want breakthrough performance
that goes beyond mere tech talk, get the
Alesis M1 Active™.

Its true biamplified design delivers
exactly what you need for creating
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™
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environments.” Videography / May ‘99
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Audio Media / April ‘99
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When Elliot was asked why he prefers
to sample with MD as opposed to tape,
he put it this way: “With tape, locating a
specific point is far more cumbersome
than it is with MD. When I want to check
my work to ensure that I've captured
the sound I'm after, the rewinding pro-
cess is time-consuming. With random-
access capability, MD provides a faster
and easier way of getting things done.”

THE VENERABLE VO

It’s not uncommon for an announcer
to serve as the “voice” of a radio net-
work, giving that chain of radio stations
a unique, identifiable sound. To cir-
cumvent the physical limitation of hav-
ing to reside near any particular
broadcast facility, many of the better-
known announcers have their own
home studios equipped with ISDN lines
that enable them to “phone in” their
part to the production facility. Since
we all have to start somewhere, how-
ever, we'll continue to focus on getting
the job done locally, with local talent.

It’s important to recognize that no
particular microphone is ideal for every
recording job—or for every voice.
Choosing a microphone that is best
suited for recording voice-overs is
largely a matter of personal preference.
Of course, every effort should be made
to find a microphone that is a good fit
for the voice-over talent.

Due mainly to their low cost and dura-
bility, dynamic mics are more common
than condensers. Most radio stations
tend to lean toward the Electro-Voice
RE20 and RE27, Sennheiser MD 421,
and Shure SM7. However, you’ll also
find mics like the Neumann U 87 and
U 89 and the Sennheiser MD 416 in
more elaborate production facilities.
That doesn’t mean you can’t use a mic
from, say, AKG, Audio-Technica, or
Reade; radio producers who read music-
technology magazines sometimes
choose these mics as well.

As is the case with every recording
application, positioning a microphone
requires considerable attention to de-
tail. Close-proximity miking, in partic-
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ular, requires careful positioning in
order to minimize problems caused by
sibilants and plosives. Sibilance—a hiss-
ing s sound—commonly occurs when
recording dialog. Plosives are popping
sounds caused by words that include the
letter pand, to a lesser extent, tand d.

The more you perfect the art of close-
proximity dialog recording, the less
time you will spend editing the recorded
announcement—and as you already
know, time is in short supply when it
comes to radio production. As is the
case with so many aspects of record-
ing, the old saying “Garbage in,
garbage out” rings true here. So learn-
ing good mic technique is critical.

One of the most common techniques
for close-miking dialog is to take a side-
angle approach. By positioning the mi-
crophone from the side but very close
to the speaker’s mouth, you can signif-
icantly reduce the occurrence of plo-
sive sounds. With this technique, the
voice-over talent speaks across the front
of the microphone as opposed to speak-
ing directly into it. “If you're experi-
encing too much plosive and sibilant
noise, go for the side-angle approach,”
recommends Shapiro. “With our sta-
tion’s E-V RE27 N/D, I've found the
side approach works best.”

If the microphone is positioned at
the side, a pop filter might not be nec-
essary. However, if you’re miking the
talent directly from the front, you'll
need to place a pop filter between the
speaker and the microphone. Pop fil-
ters are available from a number of
sources, including Popless Voice
Screens, Middle Atlantic Products
(Popper Stopper), and Windtech Mi-
crophone & Windscreens. You also can
build your own; see “DIY:
Build the EM Pop Filter” in
the October 1998 issue.

deavor, there are no rules. Some VO
talent prefer to hear the music in their
headphones, so it all boils down to a
matter of personal taste. Shapiro notes,
“I find that it’s really not that crucial
to hear the music bed when you're
recording a promo. Obviously, if the
talent needs to match the tempo of the
music, then we’ll use it.”

How much dialog is used in relation
to the rest of the promo spot? Good
question. I doubt anyone has ever con-
ducted any research specific to this
point, but the general consensus ap-
pears to be that the dialog will consti-
tute a good 80 percent or more of the
actual promo.

Whatever you do, don’t waste time
getting the announcement started. More
often than not, roughly half a second of
music or sound effects will “establish”
the promo prior to the actual dialog.
Sometimes the dialog even begins right
on the music or slightly ahead of it. Re-
member, the purpose of the promo is
to inform, not to entertain—so forget
about that four-bar intro.

TROUBLESHOOTING

As mentioned earlier, proper micro-
phone placement and good recording
techniques can minimize your editing
load, and this is an extremely impor-
tant point. However, you'll still need
to polish even the best of takes. Virtu-
ally all professional recording programs
offer tools for dealing with plosives,
sibilants, and other common artifacts.
Learn to use them. Many of these al-
gorithms do a wonderful job of clean-
ing up dialog. Also, numerous plug-ins
for this purpose are available from
third-party software developers.

NAKED DIALOG
Although the finished promo
will most likely have music | D
accompaniment, the VO is |
generally recorded without |
music cues because the music
can become distracting to |}
the talent as they read. It’s |
not uncommon, however, to | m-n’.
play the music for the talent |
beforehand and have them
rehearse with the music to
get a feel for how the dialog
needs to fit.

But as with any creative en-
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FIG. 3: These parameters can be used to reduce or eliminate
plosive as well as sibilant sounds from a dialog track in a
single step.
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Use de-essers to reduce the occur-
rence of sibilant sounds, and use a sim-
ilar combination of compression and
EQ—which can be very effective—for
eliminating plosives. These tools com-
monly fall under the category of dy-
namics processors and frequently have
several parameters for fine-tuning the
process. Figures 2 and 3 illustrate Sound
Forge's capabilities in this department.
These tools are located in the pro-
gram’s Multi-Band Dynamics area.

In many cases, you'll need to do
some more tweaking in one or two
stubborn segments, including editing
right down to the individual sample.
Many programs have provisions for
pulling the offending audio segment’s
waveform down or even redrawing the
audio data. And let’s not forget what
EQ can do. With parametric equaliza-
tion, you should be able to notch the
offending sound into submission.

An important consideration to bear
in mind is not to overdo it. Ask your-
self, “Just how important is this?” I'm
not advocating sloppy work, but try
not to lose sight of the fact that the

dialog will probably be compressed a
good three times or more before the
listener even hears it. That ever-so-
brief sound that annoys the heck out
of you might well be masked by the
time music, sound effects, and com-
pression all work their magic. If you
overdo things, the dialog can easily be-
come unintelligible—and that can’t be
allowed to happen.

Experience is a key factor in know-
ing when to let go. “Sometimes you
know what’s not likely to be heard once
it hits the air, so you simply don’t dwell
on it,” says Elliot. “I know that sounds
lazy, and I don’t mean to come across
that way. The reality of the situation,
however, is that there is so much ma-
terial to produce in order to fill the
schedule that if the offending clip is
so minute we know it will never be
heard, we just let it pass. We always try
to deliver the highest-quality product,
but there’s a limit when so much ma-
terial needs to be produced.”

A CUT ABOVE

The promo’s copy is almost always
timed prior to the recording session so
the engineer knows that it will fit. How-
ever, in order to get the message across
in a designated time frame, the dialog
occasionally needs to move consider-
ably faster than any announcer could
realistically speak. Time compression
is a truly wonderful aspect of working
with software editors. In the days of

Ron Shapiro, imaging/creative services director for Mega 100 FM in Los Angeles, creates his
radio spots using Digidesign’'s Pro Tools with a Mackie HUI control surface. Also included in
his setup are Mackie's HR824 monitors.
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tape, speeding up the audio playback
invariably meant transforming your an-
nouncer into a chipmunk. Nowadays,
using time compression won't alter the
pitch of the program material unless
you want it to.

Most programs can handle at least
10 percent time compression without
noticeable artifacts. This is usually suf-
ficient because, as noted, most record-
ings are “timed out” prior to the
session. Hence, the original perfor-
mance and the desired change are usu-
ally fairly close—typically not more
than about 5 percent apart.

Another common task when working
with dialog is to edit out all breath
marks. That's right, folks—radio an-
nouncers don’t breathe! The subtle
“aaah” that invariably gets recorded
prior to any spoken phrase simply gets
deleted. When it comes to removing
all those blank spaces in the dialog
track, many programs (including In-
novative Quality Software’s Software
Audio Workshop, or SAW,; see Fig. 4) en-
able you to set a threshold level at
which any data beneath the specified
value will be deleted. This sort of func-
tion can be a tremendous time-saver.

Normally, the dialog that follows the
deleted breath mark remains where it
originally was in time. But if you need
to speed things up, here’s another tip:
rather than deleting the breath mark
and leaving the dialog in its original lo-
cation, you can slip the audio forward
and butt one spoken phrase up against
the preceding phrase. This alone can
shave a considerable amount of time off
of any audio segment. With relatively lit-
tle effort, this technique, combined with
time compression, can give the effect of
someone speaking a mile a minute.

Another related practice for dialog
editing is to position a critical portion
of the announcement precisely with a
sound effect or other occurrence in
the promo. This technique is fre-
quently referred to as “back-timing to
music.” Perhaps the phrase “You too
could win a million dollars!” needs to
coincide with a cymbal crash, horn
blast, or similar effect. By “slipping”
the track into position, or editing out a
portion of a pause or breath mark, you
can accomplish this easily.

Yet another common technique is
to simply duplicate the dialog track
and paste it to a new, open track. By
offsetting the two tracks ever so slight-
ly, by about 10 or 15 milliseconds,



you can easily create a much bigger-
sounding voice than you had originally.
Even better, pan the tracks hard left
and right in the mix for that really big
sound. Try this yourself, and you'll
immediately realize how many times
you've heard this technique used.

SQUASHED

Compression and normalization can
be effective tools when you’re massag-
ing an announcement into shape. How-
ever, you must always pay careful
attention not to distort the audio. Here
again, good recording technique is
more than half the battle. A few peaks
here and there are natural occur-
rences, but if the original audio file’s
waveforms are all over the place and
have a lot of widely varying peaks, you
may need to normalize the track or
segment. Similarly, if your audio levels
range from very low to very high, you
should also consider normalizing and
compressing the track. So what exactly
is normalization, as opposed to com-
pression, and how do they interact?
Let’s take a look.

When you normalize a file, you alter
its overall volume so that the highest-
level peak in the file reaches a defined
limit. The entire signal is adjusted in
the same proportion, which does not
change the relative amplitudes of the
frequencies within the signal. If the
highest peak is at the selected limit,
the rest of the signal will also be at its
highest possible level without clipping
(distortion) and without affecting the
overall sound quality.

Compression, in contrast, is used to
fit a large signal into a small dynamic
space by squashing the signal’s dynamic
range so that the peaks are not exces-
sive. But this does not affect the whole
signal in a uniform way, as with normal-
ization, so the sound is altered. In radio,
where the dynamic range of the audio
signal is usually larger than the receiving
equipment can handle, compression can
effectively fit the audio neatly within the
limits of the equipment’s capabilities.
(For more on compressors, see “Square
One: Dynamic Duos, Part 17 in the De-
cember 1994 issue of EM.)

So how do compression and normal-
ization work in practice? If the original
audio file has wide level fluctuations,
ideally you would want to rerecord the
track. But as this is not always possible,
you might consider normalizing the file
to achieve a better overall “average”
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FIG. 4: Innovative Quality Software’s SAWis a leading Windows program in the radio-production

community.

level. Once the level of the VO is more
consistent, you can then apply a gentle
compression (say, a 3:1 ratio) to tighten
up the sound. In the same way that com-
pressing a bass track tends to give more
punch to the part, a compressed VO
will typically yield a greater degree of
articulation, making it easier to under-
stand the words—provided you don’t
overdo it. In radio production, you typ-
ically apply compression a few times,
with this stage of production being the
first, so don’t get carried away.

Normalization can be extremely ef-
fective if, for example, you have pri-
mary and secondary VO parts in which
one voice is considerably louder than
the other. By normalizing the two
tracks, you can effectively put the two
voices on a more equal footing.

Do you always need to normalize the
VO? No; if the original recording is
clear and doesn’t exhibit many peak
level fluctuations, don’t mess with it.
Do you need to use compression? Ex-
cept with very experienced announc-
ers, the human voice is all over the
place in terms of dynamics, so com-
pression is usually a good idea.

PLAYING MUSIC

Even though most radio facilities use li-
brary music, chances are you'll still have
to perform some editing on the music
bed. For many musicians, perhaps the

most annoying aspect of listening to
radio or television spots is the prolifer-
ation of stone cut, or hard, edits that have
little if any regard for musical phrasing.
I never cease to be amazed at how music
gets chopped to fit the time frame of
the spot. Audio editors are now begin-
ning to pay closer attention te musical
phrasing and, whenever possible, are
attempting to soften the blow.

Here’s a good tip to make your edits
more palatable. If you need to segue
from one music style to another, try to
make the transition smoother by using
your audio program’s crossfade func-
tion. In Figure 1, you’ll notice there is a
crossfade on tracks 5 and 6. In this
case, the music makes a quick, but mu-
sically acceptable, transition from a sec-
tion that contained vocal tracks to one
that is purely instrumental. Taking ad-
vantage of your editor’s craossfade ca-
pability can work wonders in this type
of situation.

THE MIXDOWN

In the process of creating a mix that
translates well to a variety of portable
audio systems, home systems, and car
systems, it's important to check your mix
at low volume levels and at a normal stu-
dio level. “My biggest concern,” Shapiro
says. “is how the mix will sound on a
small radio, such as a mono radio alarm
clock, as opposed to a big home system.
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I always test my mixes by listening at a
very low level to ensure the voice is in-
telligible over all the music and other
background material. If the material
passes that test, I know it will sound fine
once it hits the air. I'm most concerned
with getting the message across.”

Because most music and sound effects
come from libraries that are already
professionally mixed and mastered, the
bulk of your focus will continue to be
on the VO. When you're equalizing the
VO, you will generally find that the ma-
jority of your EQ tweaking will occur
in the midrange, as this is where the
human voice resides.

In order to give some added emphasis
to the dialog, you should experiment
with the midrange frequencies. As is
usually the case, moderation is the key
to success. Don’t forget that if you boost
the high frequencies too much, you're
likely to increase the sibilance in the
track. If you overdo the low frequen-
cies, you’'re likely to “muddy” the track
and perhaps make plosive sounds more

noticeable. Generally speaking, apply-
ing a slight boost to the midrange,
around 3 or 4 kHz, will bring the an-
nouncement straight to the front of
your mix.

When you're adding signal processing
to the music and sound-effects tracks,
your ear must make the final decisions.
With explosions and other sound effects,
a good, long reverb tail can make all the
difference as the sound tapers off into
oblivion. With music beds and effects,
subtlety tends to be the key factor.

Once the announcement, music, and
sound effects reach the point where you
feel they are just as you want them, it’s
time to mix. To expedite your mix-
downs, you may find it helpful to place
certain types of elements on the tracks
in a consistent manner. Get into the
habit of placing dialog on tracks 1 and 2
and stereo music beds on tracks 3/4
and 5/6. Sound effects can go on tracks
7 and 8 and, if necessary, on 9 and 10.
As Shapiro notes, “Developing a consis-
tent work approach has the benefit of
enabling you to work faster with less
error. In doing so, you may not even
find it necessary to get out your Sharpie
to label so relatively few tracks—you just
know what goes where.”

DUCK, DUCK, GOOSE
When listening to a promo spot, you've
probably noticed how the music bed

e

FIG. 5: This screen shot from Pro Tools shows a reduction in level for the stereo music bed that is
occupying tracks 3 and 4. Being able to inspect changes in level visually can be a tremendous help

when you’re mixing.
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Digitally is an interactive CD-ROM that teaches
the art of radio production. For more information,
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tends to drop down beneath the VO
once the announcer begins speaking.
This process of lowering the music
level is known as ducking, and it’s one
of the most common techniques em-
ployed in radio production. These
days, the ducking process is generally
handled by the editing program’s au-
tomation system and level changes are
generally visible onscreen (see Fig. 5).
By taking advantage of automation,
you can achieve perfectly adjusted lev-
els on a consistent basis. In addition,
by writing these level changes into au-
tomation, it’s easier to edit and fine-
tune the mix later.

Typically, you ride the faders that
govern the music bed, lowering and
raising them as the spot requires. Gen-
erally, a change of a few decibels at
most is all that’s required, though your
ears and the person who’s paying you
will be the final judge. The change in
level should be enough to get out of
the way of the voice, but not enough
to make the music sound like it has
moved across the street. If your com-
puter program supports such editing
tasks, you may prefer to draw the level
changes. Some engineers find that
doing so provides them with a greater
degree of control.

When you're ducking the music for a
promo, knowing whether to make a
rapid or a gradual change in level is
something that comes with experience.
For the most part, your ears will tell you
what works and what doesn’t. “Some-
times a sudden level change does the
job, while other times it sounds too
abrupt,” savs Shapiro. “I generally pre-
fer to make these changes gradually,
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especially when it comes to raising the
music bed toward the end of the an-
nouncer’s dialog. The beauty of using a
computer for this task is that you can
see where the VO begins and ends, so
you can drop your levels and gradually
bring them back up to coincide with
the end of the announcement.”

READY TO PRINT

Generally, the second application of
compression will occur during the mix
to stereo. For this, TC Electronic’s Fi-
nalizer, inserted in-line between the
workstation and the mastering deck,
has proven to be a popular tool in
radio production. Shapiro notes, “The
Finalizer is a truly wonderful tool for
radio-broadcast work. It contains an
excellent assortment of presets that,
without any editing, are ideal for com-
pressing the mix on its way to the DAT
recorder.”

As a general rule of thumb, the
compression ratio at this stage of pro-
duction is in the 4:1 range. As before,
this is fairly gentle compression, the
goal being to even out the entire
stereo mix, perhaps making it sound
louder. It can’t be overemphasized
that while compression is common in
radio production, you must use mod-
eration, because the station’s broad-
cast technicians will compress the audio
signals yet again on the way to the
transmitter. Too much compression,
and you're likely to end up with some-
thing that is unintelligible and without
any real dynamics.

While DAT and CD-R are certainly
common mixdown media, it should be
noted that many random-access systems
have provisions that enable you to mix
internally to a pair of open tracks. The
delivery medium of the final product
is not really that important, as long as it
is common. Stations will transfer your
material to whatever medium they want.

However, it is important to recognize
that in many smaller U.S. markets, as
well as in Latin America and Asia, you
may need to deliver the finished prod-
uct on MiniDisc. Due to its near-CD

sound quality and instant start capa-
bility, MiniDisc has had its fair share
of success in the broadcast market, par-
tially replacing the conventional NAB
(National Association of Broadcasters)
cartridge that was used for years. What-
ever you do, never supply a station with
a cartridge. It is a standard in the in-
dustry, but alignment is rarely the same
from station to station.

At Mega 100 and many other large
radio stations, the finished spot will
typically be archived to an audio server
where all files are numbered and cate-
gorized. This is generally accomplished
by way of a real-time transfer via a DAT
deck or CD player digital output. Once
on the server, the promo most often
resides as a broadcast WAV file. From
there, the audio can easily be recalled
at any time for broadcast.

AIRIT

At this point, you should have a fairly
good understanding of what you will
probably encounter when you land that
first radio gig. However, I have a few
closing thoughts.

For starters, I can’t stress enough just
how fast-paced this business is. Since
time tends to exist in far too little sup-
ply, do yourself a big favor and learn
how to use your equipment before you
commit to a project. If you miss your
deadline or in some other way fail to
deliver, you will most likely never hear
from that employer again. Your first
shot will probably be your last if you
jump the gun before you are prepared.

Second, listen and learn. Emulation
is in many ways the best method of
learning a new skill. Listen to radio:
know what’s being done and, more
important, what isn’t done. If your work
doesn’t fit with the station’s style, you'll
end up wasting more than just your own
time and effort.

Many vocational schools for the cre-
ative arts as well as colleges and univer-
sities have programs to help you get
started. If you prefer, try Don Elliot’s in-
teractive CD-ROM, which teaches the ins
and outs of radio production (see Fig.6).

Radio production is a fascinating field
that provides a wealth of challenges and
the opportunity to stay steadily em-
ployed. So don’t just sit there—go for it!

A percussionist, Roger Maycock spent years
hitting things before realizing he should be
holding sticks. He now sits at a computer
attempting lo find the Off button.
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ALL THE WOR

ooks about miking techniques typically cover the

subject of drum-set miking but rarely focus on

percussion and almost never on world percussion.

If an ensemble of African, East Indian, or Brazilian hand

drummers walked on stage
(an increasingly likely occur-
rence these days), many club
sound engineers would have
little idea about which micro-
phones to position where.
This article covers miking
common percussion instru-
ments, as well as many eso-
teric ones that you may en-
counter.

I queried three professional
sound engineers—all veter-

s

ans of the San Francisco Bay Area’s
bustling multi-ethnic music scene—about
their approaches to miking percussion.
Cuba native Oscar Autié is the engineer
of choice for Conjunto Cespedes, Jests
Diaz and Qba, Munequitos de Matanza,
John Santos and Omar Sosa, and Talking
Drums. Jeff Cressman’s credits include
sound reinforcement for Keith Terry and
Crosspulse, Jai Uttal, and Sheila E. Finally,
Greg Landau, who engineered and pro-
duced two Grammy-nominated albums for
Ritmo Y Candela, works with performers
such as Eddy Palmieri, Susanna Baca,
Cubanismo, and the Puerto Rican group
Plena Libra.

Practical
applications
for miking
world
percussion

on stage.
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BEGIN THE BEGUINE

When miking percussion, you are usu-
ally best off taking a naturalistic ap-
proach. Miking in these instances is
not about sound design or heavy pro-
cessing of signals. Rather, the goal is
to capture and reproduce the true
sound of each instrument and then to
fashion a natural-sounding mix in
which each voice can be heard clearly
among the rest.

Most percussion instruments have a
distinctive, identifiable voice. Staying
true to this voice—characterized by the
instrument’s timbre and relative pitch—
doesn’t mean that you can’t equalize or
process the sound later; indeed, em-
phasizing each instrument’s identifying
characteristics can help clarify and dis-
tinguish among multiple percussion
voices in the mix. As always, though, it’s
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smart to emphasize the sound first
through proper mic selection and
positioning.

Begin by listening critically to each
instrument to determine its primary
tonal characteristics. Listen close up
and from a few feet back to find the
sweet spot, which is the point or area
from which the sound resonates and
projects most effectively. The sweet spot
is usually where you’ll want to position
the mic or mics so as to best present
the instrument through the speakers.

Of course, many other factors can in-
fluence mic selection and placement,
and whether you use EQ, compression,
or other processing. These wild cards
include the size of the room and stage,
style of music, number of members in
the group versus number of channel
inputs, available microphones, and
quality of the P.A. system. With so many
variables, your ears and judgment are
the sole constants. Only by listening
carefully to each instrument—and to
the overall sound—can you best deter-
mine which mics to use and where to
position them.

But regardless of the variables, some

rules hold true much of the time. First,
let's look at different types of micro-
phones and which are most appropri-
ate to use for the stage.

LAY OF THE LAND

The preferred microphones for live-
sound reinforcement are usually dy-
namic mics because they are more
rugged, less expensive, and less sensi-
tive than condensers—a quality that
frequently translates into less feedback.
Live-music venues with their own sound
systems typically have a cache of dy-
namics on hand, such as Shure SM57s
and SM58s. The SM57 is an excellent
all-around choice for miking live per-
cussion; it can be used on just about
any instrument with good results. An-
other ubiquitous dynamic mic for live
sound is the Sennheiser MD 421, which
is typically used on toms and other
medium- to low-pitched drums.

Of course, numerous other good-
quality dynamics are on the market, in-
cluding many engineered to perform
similarly to these two long-standing
workhorses. I refer repeatedly to the
Shure SM57 and Sennheiser MD 421

circle #538 on reader service card



~ FiterFactory
Voted" |

Most Innovative New Product, ETA, PLASA, 1999

FilterFactory Features

- Powerful filtering with smooth analog sound and feel
- Record realtime filter performances via MIDI

- Tap tempo or MIDI clock syncs the LFO to any beat
- Unique rackmount / table top design

- Thick metal chassis with big sturdy knobs

- Stereo in and out with 1/4" and RCA jacks

- Built in phono pre-amp

Contact us for a FREE demo CD (shipging & handiing not meluded)

FilterFactory analog high order filter

WarpFactory the ultimate vocoder
Mo-FX time synchronized fx

circle #539 on reeder service card

Chepl;-cwmmﬂ for Remixers, Studios and DJs at www.electrixpro.com

Electrixisadivisionof IVL TechnologiesLtd. b?L0BertramPlace- VictoriaaBC.CanadaVvVaniZb
tel: 250-544-4091 fax: 250-544-4102 email: electrixinfodivl.com




in this article, in part because they are
the mics most often mentioned by the
three engineers I interviewed, and also
because they represent two functionally
different takes on the dynamic: the
small diaphragm and the large. But
don’t let that lead you to overlook other
excellent microphones from Shure and
Sennheiser, as well as from companies
such as AKG, Audix, Audio-Technica,
Beyerdynamic, and Electro-Voice.

In addition, many clubs also own at
least one pair of small-diaphragm car-
dioid condensers, such as Shure SM81s
or AKG 451s. Although often posi-
tioned as drum overheads, these mics
are also suitable for other percussion-
miking duties, especially those involving
instruments with lots of high-frequency
content.

Increasingly common, too, are the

[a1AF
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clip-on small-diaphragm condenser
“micro mics” such as the Shure SM98a,
Audio Technica ATM35xcW, and AKG
418. Thanks to their small profile, these
microphones can be positioned unob-
trusively in tight spots (good for jam-
packed percussion arrays) and attached
to instruments that get moved around
on stage during a performance—for
example, djembe, ashiko, and bombo—
because they are strapped to the player.

Regardless of what type of micro-
phone you use—dynamic, condenser,
or both—make sure that it has a uni-
directional polar-pattern response.
There are three standard unidirec-
tional patterns: cardioid, supercardioid,
and hypercardioid. The cardioid pat-
tern gives you the greatest rejection of
sound from the rear of the mic. The
supercardioid provides a tighter pat-
tern than the cardioid but is open to
some leakage from directly behind the
mic. The hypercardioid pattern offers
even better side rejection but picks up
slightly more sound from the rear than
the supercardioid.

Mics designed specifically for drums
and percussion—for example, Audix's

o
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tend to use supercardioid or hypercar-
dioid patterns. Properly positioned,
mics with these patterns can provide
the best isolation when you're miking
densely arranged, multiple sound
sources (such as percussion setups).

CLOSER, PLEASE

When you’re miking live sound, close-
miking is the way to go. It allows greater
gain before feedback, and it facilitates
good pickup of each instrument and
better rejection of unwanted sound.

Mic each instrument individually
whenever possible. If you don’t have
enough channels, you can capture
small groups of similar instruments (for
example, two conga drums or a cow-
bell cluster) with a single strategically
placed mic. If you have the luxury of
extra channels, experiment with mik-
ing different parts of the instruments to
broaden the scope of the sound.

Be careful of phase problems when
you are using two or more micro-
phones close to one another. If you
hear phasing, first try repositioning
one of the mics, typically moving it
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tical. Most of them, how-
ever, can be categorized by
design and tonal charac-
teristics. And once you get
the hang of miking a par-
ticular type, you can ap-
proach other instruments
of that ilk in a like manner.

Virtually all percussion
instruments fall under one
of two categories: membra-
nophones and idiophones.
Anything with a head is
generally considered to be
a membranophone, and
anything without is an id-
iophone. (A headed tam-
bourine or rattle-outfitted

FIG. 1: If the player is sitting, bongos can be effectively miked
from underneath, with the mic positioned evenly between the
two drums, aimed up into the cavities. This not only picks up
more resonance from the bongos, but it aiso ensures that the
microphone does not hinder the musician’s arm and hand

movements.

away from other mics and closer to the
sound source. If that doesn’t solve the
problem, try reversing the phase of one
of the microphones. If neither of these
approaches works, stick to a single mic.

In general, low-frequency instru-
ments (for example, tumba, surdo, and
bodhrin) are best captured by a micro-
phone with a good low-end response,
such as the large-diaphragm Sennheiser
MD 421. Higher-pitched instruments
{say, bongos and wood blocks) are
better complemented by smaller-
diaphragm mics such as the Shure SM57
and Audix D2, which can handle sharp
transients and high SPLs while still pro-
viding a full, natural sound. In addition,
the SM57 has a 4 kHz presence peak
that helps emphasize attack, making it
an appropriate choice for many per-
cussion applications. Most mics de-
signed specifically for drums also have
an upper-mid presence peak.

PERCUSS THIS

The world is replete with percussion—
after all, practically anything that makes
a sound when struck can be construed
as a percussion instrument (excepting,
perhaps, your kid brother). And even
among “officially recognized” percus-
sion the selection is vast, encompass-
ing a wide range of shapes, sizes,
materials, and sounds. Obviously,
attempting to cover every known per-
cussion instrument would be imprac-

djembe could be said to
blur the distinction, but
you get the idea.) For the
purposes of this article, 1
have further divided the
membranophones into
single-headed and double-
headed drums. The em-
phasis is on hand drums, but I've also
included timbales. I'll discuss other
divisions under each category.

SINGLE-HEADED DRUMS

Single-headed hand drums span an
array of sizes and shapes, from cylin-
drical and conical drums (for exam-
ple, congas, bongos, and requinto) to
goblet-tvpe drums (such as dumbek
and djembe) to frame drums (bodhrin,
tar, various Native American drums,
and so on). They can also produce a
wide variety of sounds, from bright,
crisp sounds executed near the rims to
lower and more resonant tones pro-
duced by center hits (not to mention
slaps, pops, and finger ruffs, among
other actions). I'll start with the hand
drums that you’re most likely to en-
counter on stage—bongos and congas—
and then group instruments roughly
by region.

CoMMON SINGLE-HEADED DRUMS

Bongos. Bongos are typically played with
the drums mounted on a stand or sup-
ported between the performer’s knees.
If the player is sitting, Autié suggests
miking the bongos from underneath
with an SM57, an Audix DI, or Senn-
heiser MD 421. Position the mic under
the chair with the capsule angled up at
the bottom of the drums at a distance of

three to five inches (see Fig.1).
You can also mic bongos from above,

whether the player is standing or sit-
ting. Position the mic between the two
drums, facing the heads at a distance of
about three to six inches.

Congas. In general, place the mic at
the top of the drum opposite the play-
er, about two inches in from the rim
and two to six inches from the head.
Position the capsule so that it faces
downward between 45 and 90 degrees,
adjusting the angle to get the sound
that you desire. You can boost bass re-
sponse through proximity effect by
moving the capsule closer to the drum
head. To pick up more attack, move
the mic back a bit and aim the capsule
more toward the area where the play-
er’s hands hit the head.

Congas are often played in sets of
two or three, with each drum pilched
differently. From low to high, the
drums are called tumba, conga, and
quinto. The tumba, as I mentioned
previously, is best miked by a large-
diaphragm dynamic mic, whereas the
conga and quinto are better comple-
mented by small-diaphragm dynamics.
To obtain separation between the
drums, use one microphone on each
drum and angle the mics away from
one another (see Fig. 2). If the congas
are on stands and you have enough
extra inputs and mics, you can pick up
more low end by positioning a mic be-
neath each drum, facing up into the
cavity. On the other hand, if you are
limited to one channel, you can cap-
ture a balance of two drums by plac-
ing one microphone between them
about four to six inches above and an-
gled toward the center area of the
heads.

Timbales. Timbales typically consist
of two drums, a bell/block cluster, and
a cymbal. You can mic this array of in-
struments in a number of ways. If
you're short on channels, you can po-
sition a single small-diaphragm con-
denser mic above the array, angled
down, to capture the whole setup. The
more common approach, however, is
to use three mics: an overhead small-
diaphragm condenser positioned to
capture the bell/block cluster and cym-
bal, and a dynamic on each drum. Each
dynamic is positioned over the rim of
the drum, pointing at the head, as with
a rack tom. But with this approach, the
penetrating sounds of the bells and
blocks sometimes bleed into the dy-
namic mics, overwhelming the sound
and spoiling any separation.
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Program for
Windows® & Mac 08

BAND-IN-A-BOX 8.0

INTELLIGENT MUSIC SOFTWARE FOR YOUR PC OR MAC IS HERE!

Version 8 for PC & Mac is here—Automatic Accompaniment has arrived!

The award-winning Band-in-a-Box is so easy to use! Just type in the chords for any song using standard chord symbols (like C, Fm?7
or C13b9), choose the style you'd like, and Band-in-a-Box does the rest... automatically generating a complete professional quality
five instrument arrangement of piano, bass, drums, guitar and strings in a wide variety of popular styles.

100 STYLES INCLUDED WITH PRO VERSION: Jazz Swing * Bossa * Country * Etbnic * Blues Shuffle * Blues Straight
Waltz © Pop Ballad * Reggae © Shuffle Rock © Light Rock * Medium Rock © Heary Rock © Miami Sound * Milly Pop
Funk © Jazz Waitz * Rhumba © Cha Cha * Bouncy 12/8 ¢ Irish * Pop Ballad 12/8 ¢ Country (triplet)  and 75 more!

BUILT-IN SEQUENCER ALLOWS YOU TO RECORD OR EDIT MELODIES.

BUILT-IN STYLEMAKER™. You can create your own 5 instrument styles using the StyleMaker section of the program.

SUPPORT FOR OVER 70 SYNTHS BUILT-IN. Drum & patch maps included for over 70 popular synths. General MIDI,
Roland GS & SoundBlaster soundcard support included.

STANDARD MUSIC NOTATION and leadsheet printout of chords, melody and lyrics. Enter your songs in standard
notation & print out a standard lead sheet of chords, melody and lyrics.

AUTOMATIC HARMONIZATION. You can select from over 100 barmonies to harmonize the melody track, or harmonize
what you play along in real time. Play along in “SuperSax” harmony, or harmonize the melody with “Shearing
Quintet " Create your own harmonies or edit our harmonies.

AUTOMATIC SOLOING. Simply select the soloist you'd like to bear and play with (from over 100 available) and Band-in-a-Box 8.0 will create & play a solo in that style,
along to any song! This is hot! These solos are of the bighest professional quality, rivaling ones played by great musicians, and best of all, they are different every time!

NEW! ADDITIONAL FEATURES IN VERSION 8.0
Band-in-a-Box 8.0 for PC & Macintosh breaks new ground with over 80 additional features!

AND-IN-A-BOX 8.0 IS HERE! This major new upgrade to Band-in-1-Box includes over eighty new features! Among them, the most amazing new featre is called “Automatic

Songs”. Simply select the style of song you'd like 10 create, and Band-in-a-Box 8.0 will automatically generate a complete song in that syle, in the key and tempo that you want,
complete with intro, chords, melody, arrangement and solo improvisations. It will even help you out by auto-generating an original title for your newly created song! This is HOT!
The songs created using Band-in-1-Box are of professional quality, and best of all they're different every time! And there’s much more in version 8.0... on-screen guitar frethoard,
animated drum kit display, long filename support, “undo” option and much more!

OUR CUSTOMERS LOVE VERSION 8.0! “I'm in awe... it truly writes great songs!... Band-in-a-Box is better than ever, it's Just what 1
was hoping for.... The Drum Screen is fun!... Hey, you guys actually read my Wishlist!... You've done it again, the Melodist is unreal!”

GREAT NEW STYLES FOR BAND-IN-A-BOX 8.0! BAND-IN-A-BOX PRICES
Stvles Disk #15 — “Nashville™! Styles Di 6 — “All Blues™! FIRST-TIME PURCHASE (Windows® or Macintosh)
» NEW di { aie ctvle o Band-in-a-Box Pro Version 8... $88
2 NEW disks of our most requested styles. Ver. 8 Styles Disks 1-3, Harmonies Disk 1, Soloist Disk Set [ + Melodist Disk Set |
4 i 9 y w ile” * Band-in-a-Box MegaPAK Version 8... $249
¢ S() |§ Disk 31'5. 22 Great N_Ew Nashville Count‘ry Sqles'” $29 " . . The MegaPAK contains “the works '—Version & PLUS Styles Disks 1-14, Soloist Disks 1-8,
As usual, we paid a lot of attention to your requests for Country styles as posted in the PG Music Melodist (1), Fakebook and Video add-ons
Forum - Styles wish list. Included are: Contemporary and Classic Country styles such as Honky- | BAND-IN-A-BOX VERSION 8 UPGRADES (Windows® or Macintosh)
tonk, Cajun, Rock, Hillbilly, Ballads, Blues, Shuffle, Rockabilly, and more. A few of the styles ¢ Regular Upgrade o Version 8 from Version 7 (reguires version 7)... $49
(eg. Shania sty) cross over into the Pop/Rock genre. Ver 8, Styles Disk 12 + Melodist Disk Set 1. Availuble on floppy disks or GI-ROM,

- x ’ “ - Qv ¢ Regular Upgrade to Version 8 from Version 0 or earlier or crossgrade. .. $59
5 Sqle‘" Disk #16: 22 Great NEW “All Blues s“ les.... $29 Includes regular Version 8 ufwlute above and Soloists Disk Sel 1.

This collection has a good mixture of shuffle (swing 8ths) and straight 8ths blues styles which VERSION 8 MegaPAK UPGRADES (Windows® or Macintosh)
emulate the sound and feel of such groups as: Dr. ), B.B., Chuck B, James B, SRV, Curtis M, Contains “the works —Version 8, ALL add-on Styles Disks, ALL add-on Soloists Disk Sets,
Eric C, Elmore ], Howlin’ W, John-Lee H, and more. The MIDI Fabebook, & PowerGuide CI-ROM video instruction
BONUS BLUES JAMS! 40 Hot jammin’ tracks in the key of €, and 40 more in the key of Ft | * MegaPAK upgrade from Version 7 (requires Version 7).... $149
You'll never run out of the blues. ®  MegaPAK upgrade from Version 6 or carlier or crossgrade... $159
ADD-ONS FOR BAND-IN-A-BOX:

oloist Disk Set 8: 3 NEW Soloist KnowledgeBases (“Killer™ Jazz Waltz, Older Waliz, Jazz, » NEW! Styles Disk #16 — “All Blues™... $29

Fusion). An exciting aspect of the Soloist feature in Band-in-a-Box is that the program is able to  NEW! Styles Disk #15 — “Nashville” Country Styles. .. $29
increase its musical intelligence with new Soloist Disk Sets ~ it learns by “car” and constantly gets Styles Disk 114 — Jazz/Fusion jazz rock fusion styles. .. $29
better and better! This stunning new Soloist Disk Set includes new KnowledgeBase files as well as new Styles Disk #13 — Euro-Tek dance/pop/Techno styles ... $29
Soloist definitions to extend and improve Band-in-a-Box Version 7.0 or higher. When it is installed in Styles Disk #12 (included with Version 8 upgrade).... $29

; i ¢ Caleiege aBi IR istinorSolnich: vl B afadi Styles Disks #4-11... each $29
you'r bb d:r_cclor) y(‘)u' Il see new Soloists available and the existing Soloists will be automatically NEW! Sololst Disk Set #8 — Killer Jazz Waltz, Older Waltz, Jazz Fusion. . §29
enhanced with dramatic results! Soloist Disk Sets #1.7... cach $29
SPECIAL! SoloistPAK - all Soloist Disk Sets 2-8 PLUS Bluegrass MIDI Fakebook... $99 SPECIAL! Soloist PAK — 11l Soloist Disks 2-8 + Bluegrass MID] Fakebook.... $99

Available on CD-ROM or floppy disk The MIDI Fakebook for Band-in-a-Box... $29
Includes 360 songs in a rariety of styles: Traditional/Original jaxx & Pop — 50 songs; Classical
PG Ml] SIC INC. Maker of PowerTracks and Tbe Pianist series ‘ (Mozart, Beethoven, etc.) — 200 songs: Bluegrass — 50 songs.

adill lictori COMPREHENSIVE VIDEO INSTRUCTION FOR BAND-IN-A-BOX
29 Cadillac Avenue, Victoria, BC, CANADA VS8Z 1T3 & Band e o T GDHROMINGD, . 45

PHONE ORDERS 1-888-PG M[]slc r Anytime Includes Volume 1 (Basics) and Volume 2 (Advanced) of “Inside Band-in-a-Box”
1-800-268-6272 o 250-475-2874 HOURS SYSTEM REQUIREMENTS: Windows® 98, 95, NT, 3.1; 8 MB aailable RAM; fast 486 or better; 15 MB

available disk space (Pro version); any sound card (e.g. Sound Blaster) or MIDI module (e.g. Roland Sound

Fax 250_475_2937 or Toll-Free Fax 1-877-475-1444 Days Canvas). Macintosh: 08 7.5 or later; 68020 or better, including any PowerPC (601, 603, 604, G3 or iMac)
HELP! | forgot to send in the Registration Card, but I want to upgrade now. No problem. Since the

SALES ORDERS & INFO FROM OUR INTERNET WEB PAGE ; upgrade checks for any previous version of Band-in-a-Box, you can order the upgrade even if you
WWW.pgmusic.com VISA/MC/AMEX /check/MO/PO# L




HOT NEW SOFTWARE PROGRAMS CREATED BY PG MUSIC!

tand \

| Multimedia Guitar Program

| four-part Chorales by a professional choral

New Version. (ool Features.
Same Low Price!

WE ALSO HAVE A NEW SET OF MULTTTRACKS CD'S FOX POWERTRACKS
sriva

The YSC-88 software synthesizer dramatically enhamces the sound gaality of all your MIDI progrmms.

THE BLUES GUITARIST | THE ROCK GUITARIST

Multimedia Guitar Program

Listen 1o hot session players perform great
sounding rock music while you learn the riffs,
licks and tricks! Multimedia features give you the
ability to mute or solo any audio track
independently and study or play the part
yourself. On-screen notation, tablare and
chord progressions scrolls by with the band.

THE JAZZ SAXOPHONIST
Multimedia Instrumental Program
Listen to hot session players perform great
sounding jazz music, while you learn the riffs
and tricks! This interactive program has great
“chops" — nearly an hour of hot jazz plus tips
and techniques. Seamlessly imegrated MultiTrack
audio, MIDI, chord symbols, and music notation

Professional fully featured music program
contuning studio-recordings of great electric
blues guitar music. Listen 1o hot session players
perform great sounding biues music, while you
learn the riffs, licks and tricks! This interactive
program has great “chops”"— nearly an hour of
hot blues plus tips and techniques.

THE BACH CHORALES
Volumes 1 & 2

Multimedia Vocal Program
Inspiring performances of J.S. Bach’s famous

ensemble, complete with a detailed multimedia
history of the composers life and times.
On-screen notation, lyrics and chord

progressions in perfect time with the singers. for your sound card equipped PC.
THE ROCK SAXOPHONIST THE SOR STUDIES FOR
Multimedia Instrumental Program CLASSICAL GUITAR

Fully featured professional music program
containing studio-recordings of great rock n'
roll saxophone music. Hot session players
perform great sounding rock music, while you
learn the riffs and tricks! Seamlessly integrated
MultiTrack audio, MIDI, chord symbols, and
music notation and chord progressions.

Multimedia Guitar Program

Superb professional classical guitar performances
of all 121 of Fernando Sor's celebrated studies for
guitar (Opus 6, 29, 31, 35, 44, and 60 complete)
This interactive program contains hours of music

on 3 CD-ROMs PLUS complete Sor bio, historical
timeline, and more powerful multimedia features.

racks Pro Audio 5

“here a r 20 n. featurvs in PowerTracks Pro Audio 5.0... Stereo recording, VU meters for
recording/playback levels, Leadsheet Notation window, Drum window with animated display of drum

instruments for playback and recordirg, long file names and more (over 20 new features in ull).
PowerTracks Pro Audio is a professicnal, fully featured digital audio & MIDI workstation, packed with features
for musicians, students & songwriters. With seamless'y imegrated digital audio/MIDI recording, and built-in
music nottion, PowerTracks turns 2 typical soundcard equipped PC into a music production powerhouse!
“Solid sequencing at an unbelievable price” riecironic Musician
PowerTracks Pro Audio 5.0 for Windows® . $29 ba
includes PowerTracks 5.0 + PonerGuide CD-ROM rideo; 2 CD-ROMs
Upgrade to PowerTracks Pro Audio 5.0... $19
* Upgrade to PowerTracks Pro Andio 5.0 PLUS Yolume 2 MultiTracks. .. $29
¢ Upgrade to PowerTracks PowerPAR Plus. .. $39

includes PowerTracks 5.0 & both Yolumes | & 2 MultiTracks CD-ROMs

VOLUME 2: JAZZ/BLUES/ROCK
' $20°

Souvns “Sounds spectacular

* with purchase of anotber PG Music product £29 or more.

LA TY)
Bluscegifh s
Baund

| Bluegrass siandards played live on MIDI

rach volume only $49
THE PIANIST

Piano Performan:e Prograin

The Pianist is 2 music program containing an
amazingly comprehensive collecuon of nearly
900 of the world's greatest Claswical Piano
Masterpieces, performed by world-class
concert pianists! PLUS Music Trivia questions,
Guess the Song game, program notes, bios (all
on disk) & much more! Yol.1: 215 selections;
Vol.2: 200 selections; Vol.3: 170 selections
(incl. arrangements & duets); Yol.4: 200
selections; Yol.5: Complete Beethoven Sonatas.

THE LATIN PIANIST

Piano Performance Program

The Latin Pianist features popular Latin pianist
Rebeca Mauleén-Santana (editor of Sher Music’s
Latin Real Book) playing over 50 tunes in a wide
variety of Latin piano styles. Includes authentic
Latin and Salsa piano songs and styles such as
Conga, Cumbia, Merengue, Son, Mambo,
Cha-cha-cha, Guaracha, Samba, Partido Alo,
and much more. This program is hot, hot, ho!

THE MODERN JAZZ PIANIST
Piano Performance Program

The Modern Jazz Pianist is the software that
makes it “too easy” o learn how 1o be a great
jazz pianist. Top sdio musicians Renee Rosnes,
Miles Black, Ron Johnston, and Brad Turner
perform over 50 tunes in a wide variety of
modern jazz styles, such as those by Herbie
Huncock, Fred Hersch, Cedar Walton, Mulgrew
Miller and many others. FLLS Song memos,
biographies, and information on important
modern jazz piaaists.

THE GOSPEL PIANIST

Piano Performance Program

The Gospel Pianist is a powerful program for
playing and studying a piano style that is both
universally appealing and which underlies much
of the blues, jazz and popular music played
today. Over 50 “Gospet Style” piano standards
played on MIDI keyboard by top Gospel pianists.
Includes Music Trivia questions, Guess the Song
game, program noies, pianist biographies (all on
disk) and much more. Powerful gospel piano
performances with that “old-time” feeling!

THE BLUEGRASS BAND
Instrumental Performance Program

Our most “feel good all over” program so far,
with more than 50 virtuoso performances of

The Piaist

THE BLUES PIANIST

Piano Performarice Program

The Blues Pianist comes in two volumes, each
with over 50 great down-home blues piano
stylings by top professionals playing a wide
variety of blues piano styles — Boogie Woogie,
slow & fast boogjes, jazz blues, New Orleans style,
Chicago blues and more. These are the styles
made famous by Pete Johnson, Albert Ammons,
Jelly Roll Morton, Meade Lux Lewis, etc. Full of
info and trivia on the great piano blues masters.

equipped biuegrass instruments (banjo, fiddle,
bass, guitar and mandolin). We've recorded top
Bluegrass musicians, these MIDI files are hot!
PLUS Lots of Bluegrass pictures, biographies,
and trivia (all on disk) and much more. Dazzling
performances to make you “feel good all over”!

NEW! Multimedia Performance Series CD-ROMs! each only $49

THE BARBERSHOP QUARTET
Volumes 1 & 2

Multimedia Vocal Program

All-time favorite Barbershop songs and an
interactive multimedia history of barbershop
singing in America. Made with the assistance of
SPERSOSA (Society for the Preservation and
Encouragement of Barbershop Quartet Singing
in America).

ALL MULTIMEDIA/MADI PERFORMANCE
SOFTWARE TITLES FEATURE...

v Separate audio tracks for each part ¢ Solo, mute,
combine and mix the tracks independently ¢ Transpose the
music to the key of your choice ¢ Focus on any section with
the versatile loop feature ¢ Slow parts down for further
study with the 1/2 time feature ¢ Choose audio and/or MIDI
playback ¢ Print the parts ¢ Control audio playback with
the mini-mixer window ¢ Transpose or change tempo ‘on-
the-fly’ ¢ Jump to any position in the song ¢ Jukebox mode
for continuous play ¢ Mark and play your favorite songs
v Adjust volume, panning settings for individual parts
+ Split the piano into right and left hand parts antomatically
v Play along with the performance in real-time on any
instrument ¢ Much more!
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»

THE NEW ORLEANS PIANIST
Piano Performance Program

Qver 50 “New Orleans Style” piano music
standards, played on MIDI keyboard by 10p
New Orleans pianists Henry Butler, Jon Cleary,
Doc Fingers, Tom McDermott, Joel Simpson and
David Torkanowsky. This is the wonderful
‘rolling’, ‘bluesy’ New Orleans piano style made
famous by Professor Longhair and Dr. John.
This program makes it “too easy” 10 be a great
New Orleans pianist!

THE JAZZ SOLOIST

Instrumental Performance Program
The Jazz Soloist is 4 music program with
professional jazz quartet arrangements of over
50 songs (per volume). Each song fealures a
greal jazz solo played by top jazz musicians, as
well a8 piano comping, bass and drums.
Includes a siandalone “Jaz Soloist” program
with MIDI files (files also included in Band-in-a-
Box format). Yol.1: Swing (50 pieces);

Vol.2: Swing (50 pieces); Yol.3: Latin/blues/
waltzes (60 pieces)

THE CHILDREN’S PIANIST

Piawo Performance Program

The Children's Pianist includes over 70 great
piano performances of the worlds besi-loved
children’s songs — ideal for lisiening or
singalong! The words are displayed in a large
“Karaoke" style display while the song plays so
you can sing along! (Windows® only) These
pieces are presented with the care, artistry, and
craftsmanship that will spark the interest of
young and old alike. Includes piano
arrangement tutorials.

THE NEW AGE PIANIST

Piaso Performamce Program

Over 70 “New Age™ and “New Age-Jazz” style
piano pieces, performed by top New Age artists.
This is a beautiful collection of solo piano
compositions inspired by the natural world.

Pull range of piano techniques, from the style of
George Winston to Chick Corea and Keith Jarret.
Song memos, biographies and information on
important New Age musicians. Includes photo
album of stirring natre scenes and real time
piano score. Over 4 hours of music!

THE CHRISTMAS PIANIST
Piano Performance Program

The Christmas Pianist contains great piano
performances of over 50 all-time favorite
Christmas songs and carols — ideal for listening
or singalong, The words are displayed in a large
“Karaoke" style display while the song plays so
you can sing along (Windows® version only)!
The onscreen piano keyboard lets you see the
music as it's played. Fill your home with
wonderful piano music this Christmas!
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from Brazil, differs from its cousins in
that it is stroked, not struck. The player
firmly rubs a wooden post attached to
the center of the head inside the drum
cavity with a cloth to create a unique,
voicelike groan that sounds at times
like a chimpanzee chattering. Landau
recommends miking the cuica from
the top at a distance of three inches to
a foot to capture the sound coming off
the head. (In this case, you won’t have
to worry about getting in the way of
the player’s hands.)

Mic the bass cuica from underneath
with a large-diaphragm dynamic to bet-
ter capture the low frequencies. Here,
though, you will have to take the play-
er's arm motions into account.

Pandeiro. Also from Brazil, the pan-
deiro is used in samba and bossa nova.
This frame drum comes in different
sizes and typically has a single row of
dry-sounding jingles, like a tambou-
rine. For a large pandeiro, use an MD
421 to better represent the bass fre-
quencies. An SM57 or similar mic will
work fine for smaller pandeiros. Lan-
dau recommends placing the mic in
front of the pandeiro at a distance that

the player can work with—gen-
erally, about six inches to a
foot. The player can then lean
into the mic for emphasis and
back away to lower the level.
Requinto, seguidora, bu-
leador. From Puerto Rico
comes this family of single-
headed, barrel-shaped drums.
The requinto is the small drum,

e

the seguidora the mediumssize,
and the buleador the largest.
Mic all three as you would
congas.

Tabla. The tabla, used in East
Indian music, consists of two
drums. The smaller drum is
called the tabla; the larger,
called the baya, produces the character-
istic low-end modulations. A single mi-
crophone positioned strategically above
and between the drums can be used to
pick up the sound of the set. Individual
miking, however, better represents the
different sound qualities of the small
and large drums, allowing separate
equalizing as well.

Because the tabla are fairly quiet in-
struments, getting enough gain before
feedback in loud situations is your
biggest challenge. I recommend using
a mic with a tight pattern—and, again,
the SM57 is a good choice.

Kanjira. The kanjira is a small, South
Indian tambourine with a thin, lizard-
skin head. To accentuate this instru-
ment’s crisp highs, mic it from the

FIG. 4: Although they are traditionally played for religious ceremonies, bata drums and rhythms
are increasingly seen and heard in secular contexts. Here, AfroCuba de Matanzas performs at
the Calvin Simmons Theater in Oakland, California. From left to right, the drums are itotele, iya,
and okonkolo.
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FIG. 5: Most double-headed hand drums require the use of
two microphones to capture the full range of tones. To
mic an iya, aim a large-diaphragm dynamic between the
rim and center of the larger head and a small-diaphragm
dynamic toward the rim of the smaller head, with both
mics positioned three to six inches from the drum.

front with the capsule angled toward
the center of the head. The same tech-
nique can be used for other small
frame drums, such as tamborim.

DOUBLE-HEADED DRUMS

Double-headed drums project sound
differently from single-headed drums.
Because they have no open end, you
must mic both heads to get a full sound
from double-headed drums.

Bata. Batd drums, from Cuba by way
of Yoruba (now Nigeria), have a dis-
tinctive asymmetrical, hourglass shape.
The drums come in three sizes—iya
(large), itotele (medium), and ockonko-
lo (small)—and are characteristically
played by a group of three musicians
sitting together (see Fig. 4). For each
drum, the larger end is called the enu,
and the smaller end the chacha.

Your goal is to represent six distinct
voices—two from each drum—so as to
highlight the melodic interplay be-
tween the three players. Accentuate
bass frequencies from the large end
of the iya and itotele using a large-
diaphragm dynamic like the MD 421 or
a mic designed for use on low-frequency
sound sources, such as the Audix D4.
To represent the high end from the
smaller heads use an SM57 or Audix
D3 (see Fig.5).

The okonkolo’s pitch is on the high
side, so SM57s and D3s are appropriate
choices for miking both the enu and

¢ chacha. Place the enu mic about three to

five inches from the head, angled at the

> edge of the drum, and the chacha mic

approximately three to six inches from
the head, angled toward the center.
Bombo. Played with a stick and a mal-
let, the South American bombo pro-
duces two distinct sounds: a deep bass
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THE EASIEST
SCOREWRITER
ON EARTH
HAS ARRIVED.

Sibelius is Europe’s biggest
selling new scorewriter. Easy
to learn and fast to use. It

scores, plays back and prints
every kind of music - from
basic lead sheets to complex
orchestration. Available at all
good musical instrument
stores. Educational discounts
and site licenses avatlable,
subject to conditions. For a
free information pack and
demo CD-ROM, cither call
us today at 888-474-2354 or

visit www.sibelius.com.*

*FREE TRIAL!

Download a demo version
from www.sibelius.com
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from the soft-beater mallet hitting the
head, and a “click” sound from the
stick on the rim. According to Landau,
the bombo can be difficult to mic be-
cause the goatskin head has hair on it,
which dampens the drum’s resonance.
In addition, bombo players tend to
move around a lot.

Again, the MD 421 is a good choice
for capturing the lows, but an MD 504
will work too. Mic the bombo from the
top, placing the mic about a foot away
to allow for the movement of the mu-
sician. Work with the position at this
distance to pick up a good balance of
both the sound of the stick hitting the
rim and the boom from the mallet hits.
If more stick sound is required, angle
the capsule more toward the rim.

Mrdangam. The mrdangam, com-
monly heard in the music of South
India, has a large head on one end and
a smaller head on the other. This drum
should be miked like the iya or itotele
to capture the lows from the larger
head and the highs from the smaller.

Surdo. The Brazilian surdo is a deep-
sounding drum with lots of resonance,
making it a great candidate for the MD
421. Mic the surdo as you would a floor
tom, with the mic capsule situated an
inch or two in from the rim, angled
down and pointed at the center of the
head to capture the most law end.

Talking drums. Talking drums, which
are of African origin, are part of a larg-
er family called pressure drums, which
are distinguished by an hourglass-shape
shell with heads at either end laced
evenly together across the length of the
drum. Pressure drums are typically held
between the body and upper arm and
struck with a curved mallet. The pitch is
modulated by squeezing the lacing,
which increases tension on the heads.

Landau recommends an SM57 for mik-
ing talking drums. Aim the mic at the
top head to capture the mallet attack
and head tone, and leave plenty of room
for the player’s broad arm movements.

IDIOPHONES

Miking the various idiophones—hand
percussion such as shakers, maracas,

caxixi, cabasa, guiro, reco reco, cow-
bells, wood blocks, temple blocks,
claves, cua, and tambourines—is fairly
straightforward for live performance.
Put the mic directly in front of the in-
strument, positioned to allow a working
distance of three inches to a foot. The
player, of course, determines the spe-
cific distance based on the volume lev-
els that he or she desires. In general,
you’ll need to bring shakers, maracas,
and other quiet instruments in closer,
whereas you can capture cowbells and
other loud instruments from farther
back. As for which mic to use, again,
you can’t lose with the SM57.

Berimbau (and caxixi). The berim-
bau, from Brazil, is a wire-strung wood-
en bow attached to a resonating gourd.
The player uses one hand to rhythmi-
cally strike the wire with a slim stick
while using a flat rock or coin in the
other hand to apply pressure to the
wire, thus altering the pitch. The mu-
sician can also vary the pitch by mov-
ing the gourd against his or her
midsection.

The caxixi, a basket-type shaker with
a loop handle and hard leather base,
is typically held in the stick hand to add
a rhythmic rattle effect.

To capture a balance of the various
sounds—the metal string being struck,
the low resonance of the gourd, and
the rattling of the caxixi—Landau rec-
ommends placing a small-diaphragm
condenser (for example, a Shure
SM81) in front of the player above the
gourd level. Angle the mic 45 degrees
downward, toward the gourd. In this
position, the mic will pick up the string
sound as well as the sound of the gourd
lifting off the player’s stomach.

It’s also important to capture the full
tone of the caxixi and the impact of
the beads hitting the leather base in-
side the basket, so make sure to aim
the mic to capture the sound of the
basket part of the caxixi.

Cajoén. Originally from Peru, the
cajon is a square or trapezoid-shaped
wooden box with an opening on the
bottom or a sound hole in the back. It
is played much like a drum, although
the larger models typically also serve
as a seat in which case the player may
also rock the cajén back and forth to
vary the tone.

Generally, the cajon is miked from
the back at the sound hole (like a bass
drum) with a mic that is well suited to
accentuate bass frequencies. Autié

For manufacturer information, please see Contact Sheet, p.179.
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Miking Percussion Onstage

This chart provides a quick reference for miking a variety of percussion instruments. The recommendations are not
meant to limit your choices, but rather to reflect the preferences of the live-sound engineers interviewed for this article.

Instrument Recommended Microphones

Ashiko
Bata: Itotele
Bata: lya
Bata: Okonkolo
Berimbau/
Caxixi
Bodhran
Bombo
Bongos
Buleador,
Requinta,

Sequidora
Cajon

Conga

Cuica

Cowbell,
Cymbal,
Woodblock
Djembe

Dumbek

Kanjira

Mrdangam

Pandeiro

Quinto

Shekere
Surdo

Tabla
Talking Drum

Timbales

Tumba

Shure SM57, Beta 57 or 56, Audix D2, Electro-Voice N/D408 or N/D468

Clip-on minicondenser mics: Shure SM938a, AKG C 418, Audio-Technica ATM35xcW
Large end: Sennheiser MD 421, Audix 02

Small end: Shure SM57, Audix D3

Large end: Sennheiser MD 421, Audix D4

Small end: Shure SM57, Audix D3

Bath ends: Shure SM57, Audix D3

Neumann KM 184, Shure SM81, AKG C 451 or C 460; Audix SCX-1,

Audio-Technica AT3528, Shure SM57

Sennheiser MD 421, Shure SM98a, AKG C 418, Audio-Technica ATM35xcW

Sennheiser MD 421 or MD 504; Audix D4

Shure SM57, Audix D1, Sennheiser MO 421

Sennheiser MD 421, Shure SM57, Beta 57 or 56; Audix D2,

Electro-Voice N/D408 or N/D468

Clip-on minicondenser mics: Shure SM98a, AKG C 418, Audio-Technica ATM35xcW
Top surface: Shure SM57 or Beta 57

Opening {or sound hole): Sennheiser MD 504 or MD 421, Audix D4, AKG D 112
Clip-on minicondenser mics: Shure SM98a, AKG C 418,

Audio-Technica ATM35xcW

Shure SM57, Beta 57 or 56, Audix D2, Electro-Voice N/D408 or N/D468
Clip-on minicondenser mics: Shure SM98a, AKG C 418,

Audio-Technica ATM35xcW

Top: Shure SM57, Beta 57 or 56, Audix D2

Underneath {helpful for bass cuica): Sennheiser MD 421

Shure SM81, AKG C 451 or C 460, Audix SCX-1, Audio-Technica AT3528

Shure SM57, Beta 57 or 56, Audix D2, Electro-Voice N/D408 or N/D468
Clip-on minicondenser mics: Shure SM98a, AKG C 418,
Audio-Technica ATM35xcW

Shure SM57, Audix D2

Shure SM57 or Beta 57, Audix D2 or D1

Large end: Sennheiser MD 421, Audix D4

Smali end: Shure SMS7, Audix D3

Shure SM57, Audix D2, Sennheiser MD 421 {especially for larger pandeiro)
Shure SM57, Beta 57 or 56, Audix D1 or D2,
Electro-Vaoice N/D408 or N/D468

Clip-on minicondenser mics: Shure SM98a, AKG C 418,
Audio-Technica ATM35xcW

Side: Shure SM57, Audix D1

Mouth: Sennheiser MD 421

Sennheiser MD 421, Audix D4

Shure SM57, Audix D2
Shure SM57, Audix D2
Shure SM57, Audix D3

Sennheiser MD 421, Audix D2, Shure SM57, Electro-Voice N/D408 or N/D468
Clip-on minicondenser mics: Shure SM98a, AKG C 418, Audio-Technica ATM35xcW
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Basic Placement
2to dinches from head, angled 45 degrees toward rim

Same as foriya

Large end: 3to Sinches from head, aimed between rim and center
Small end: 3 to 6 inches from drum, angled toward rim

3inches from drum, aimed toward center

Approximately 1 foot in front of player and 1 foot above gourd,
angled down about 45 degrees between gourd and caxixi

Behind drum, aimed between center and rim, 4 to 6 inches from
head; or 2 to 6 inches from front head, angled between rim and center
Approximately 1 foot from top head, angled between rim

{at the point where stick strikes) and center

3to 6 inches from instrument, either from above or beneath

2to 3inches from head, angled 45 degrees toward rim

Optional: MD 421 underneath

6inches from top surface, about 2 to 3inches in from edge,
angled toward player’s hands

Underneath: place mic just outside opening (as you would mic a
bass drum)

3inches from head, angled 45 degrees toward rim

Optional: MD 421 beneath

Approximately 2 to 5 inches from the head, angled toward center
Optional: MD 421 underneath, just outside cavity,

pointing up toward head

3to 12inches above instrument(s)

2to 4inches from head, angled 45 degrees toward rim
Optional: MD 421 underneath

2to 3inches from head, angled 45 degrees toward center
Optional: MD 421 or Audix D4 underneath, 2 inches from opening
3to 6inches in front of drum, angled toward center of head

Large end: 3to 5inches from head, aimed between rim and center
Small end: 3 to 6 inches from drum, angled toward rim

6to 12 inches in front of instrument

6inches from head between center and rim, angled 45 degrees
Optional: MD 421 underneath

3to 6inches from side of gourd

3to 6inches from mouth of gourd, aimed inside

2to 3inches from head, in 2 inches from rim, angled down a
head (as you would mic a floor tom)

2to 4inches from head, angled between edge and center
310 Sinches from head, angled toward center

Top: 2inches from head, angled 45 degrees

Underneath: 2 to 3 inches from head, angled toward shell
2inches from head, angled 45 degrees toward center
Optional: MD 421 underneath, pointing up into drum
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prefers the Sennheiser MD 504 for this
purpose. For smaller cajéns, Landau
uses clip-on microphones at the sound
hole. In situations where you want
more attack (to help the sound cut
through the mix), Autié recommends
placing an SM57 about six inches from
the top surface and angled toward the
player’s hands.

Shekeré. Originally from Africa, the
shekeré is a dried, hollowed-out
gourd that is wrapped in a beaded
net. This drum projects a combina-
tion of high-frequency transients
(from the beads slapping against the
gourd) and low boom from the
mouth of the gourd when the instru-
ment is struck at the base.

Position a Shure SM57, an Audix
D2, or a similar microphone three to
six inches from the instrument. Again,
the musician will determine the dis-
tance during the performance. If you
have enough inputs available, Autié
suggests also using an MD 421, angled
downward and aimed into the mouth
of the instrument, to better capture
the low note. If several shekerés are
being played, a melodic conversation
between the gourds can be captured
with this technique.

TO SQUEEZE OR NOT
TO SQUEEZE

Using compression on percussion in-
struments is a subject of debate among
live-sound engineers. Some believe that
avoiding it when possible is best, while
others use compression prodigiously
to control the wide dynamics of an en-
ergetic percussion performance.

If you opt to use compression, mod-
eration is the key. Compression in-
creases the risk of feedback and can
also alter attack characteristics—an es-
sential element in the sonic nature of
percussion. In general, try to maintain
as much transient punch from percus-
sion instruments as possible, so as to
keep the sound natural and to help the
instruments cut through the mix.

Usually, a compression ratio of 2:1 to
4:1 with a moderate threshold setting
and gain reduction of about 2 to 4 dB is
adequate for situations in which you
feel you need compression. Low-
frequency instruments such as the
surdo and bodhrin may require higher
ratio and/or lower threshold settings,
to keep the sound from overwhelming
the mix.

THEPDQ OF EQ

What you end up doing with EQ de-
pends on a variety of factors, includ-
ing the acoustics of the space, the
proximity of the musicians to the mon-
itors, and how much the sound from
the floor monitors is affecting the
sound from the mains. Seldom does a
venue have ideal acoustics or a premi-

Dynamic mics are commonly used to capture the powerful tones of Latin hand percussion. Pictured
are members of the Puerto Rican group Los Hermanos Cepeda playing (left to right) the requinto,
seguidora, buleador, and cua.
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um P.A. system, so a bit of work on your
part may be required to bring certain
instruments out in the mix. It’s hard
to generalize because each situation is
different. As a rule, though, always try
to enhance the sound first by working
with mic placement rather than equal-
ization. Only after you have achieved
the best sound possible from mic se-
lection and positioning should you
reach for the EQ.

When using EQ, make sure you are
clarifying the mix rather than muddy-
ing it. Listen carefully to the results
while the full ensemble is playing and
adjust the various channels according-
ly. Hand drums can typically benefit
from a little boosting in the 2 to 5 kHz
frequency range, to bring out the “slap”
and “pop.” To reduce muddiness, try
cutting a couple of decibels around
250 to 350 Hz. If an instrument sounds
too bassy, roll off the lows below 100 Hz
with a high-pass filter. (You can also
back the mic off a bit to lessen the
proximity effect.)

EXIT STAGE RIGHT

Many percussion instruments—taiko
drums and gamelan, for example—are
obviously not covered in this article.
Hopefully, though, you’ll be able to ex-
trapolate from the techniques detailed
above to prepare yourself for miking
almost any percussion instrument that
comes your way.

Always remember to use unidirec-
tional mics, selecting the particular
polar pattern according to your needs
for off-axis rejection. Dynamic mics are
usually best for the job because of their
durability, ready availability, and de-
creased sensitivity (as compared with
condensers). On the other hand, small-
diaphragm condensers are often
preferable for use on cymbals, bells,
and blocks. You can also use clip-on
condensers on a variety of drums to
minimize clutter and allow the musi-
cians to move freely around the stage.

Finally, always listen critically so as
to select the best mics for the job, and
position them to capture the most nat-
ural sound from the instrument with-
out inhibiting the player’s range of
motion.

Karen Stackpole is a recording and master-
ing engineer and an active drummer and
percussionist. Many thanks to Oscar Autié,
Jeff Cressman, and Greg Landau for their
valuable assistance.
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Comping a Vocal Track

Copy and paste your way to the perfect vocal track.

By Scott R. Garrigus

o matter what kind of songwrit-

ing you do, the vocal tracks are

typically the most important ele-

ment for connecting with the lis-
tener and conveying emotional
content. It’s therefore crucial that you
produce the best possible vocal tracks,
even when the singer doesn’t deliver
that elusive “perfect” take.

The easiest way to get a great vocal
recording is to create a composite track.
In other words, you record multiple
takes—each on its own track—and then

(W T ere

combine the best parts of each take
into a single “perfect” performance.

Using multitrack analog tape for this
process has always been a hassle.
Bouncing the takes by muting bad sec-
tions and soloing good sections can be
time-consuming and inaccurate. Mix
automation helps, but you still have
the problem of generation loss, the de-
terioration in audio quality that hap-
pens each time you rerecord an analog
track. Digital tape recording has made
the process quite a bit less painful. With
the ADAT’s seamless, automated
punch-in and punch-out recording,
edits are more precise and digital
recordings don’t suffer from genera-
tion loss.

Hard-disk recording, however, offers
the greatest flexibility and makes comp-
ing even easier because you can visu-
ally edit audio waveforms. In some
cases, you can edit right down to the
individual sample level. Even so, comp-
ing a vocal track with digital audio edit-
ing software is not just a matter of
cutting and pasting. You have a num-
ber of options during recording and
editing that can make the difference
between a professional track and a
patchwork one.

RECORDING TIPS

During the recording session, your ob- 2
ject, of course, is to make each take

. [ 4
sound as good as possible. But you also v
want them to sound as much alike as &
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® DESKTOP MUSICIAN

FIG. 1: In the phrase “How can | find a place to call my own?”
the words “find a” and “my own” blend together, so there's no
way to do a clean edit between them. The best place to edit is
just before a hard consonant. In this example, the best edit
points are right before the words “can,” “to,” and “call.”

possible. If all the takes sound similar,
later edits will blend seamlessly.

To begin with, don’t use time-based
effects (such as reverb, chorus, or
echo) during the recording. When you
start pasting in sections from different
tracks, things like reverb tails and LFO
modulation for chorusing won’t match
up correctly. Dry tracks provide a more
uniform sound. On the other hand, if
you add effects after editing, they can
help mask the edits between audio seg-
ments.

Depending on your singer’s mic tech-
nique, you may want to use a bit of
compression while recording each take.
That will give each take a similar am-
plitude range. A modest setting with a
fairly high threshold, fast attack, and
2:1 or 3:1 ratio should keep levels
under control without squashing the
life out of the recording.

In case your singer gets a little too
rambunctious with those high notes,
it’s a good idea to patch a limiter into
the recording chain to prevent signal
overloading. Set up the limiter with a
fast attack and release and a threshold
that’s a couple of decibels below the
loudest peak your sound card can han-
dle. With these settings, the limiter will
simply block out distortion without
otherwise altering the signal.

Noise can sometimes be a problem
during recording. Even though there
are methods for eliminating some nois-
es after they occur (which I'll discuss
later), prevention is always the best way
to handle the problem. For example,
always use a pop filter on your mic to
eliminate plosives (sudden bursts of air)
that your singer may produce.
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Furthermore, if your mic
has a low-cut switch, you
might want to activate it.
The human voice has very
little low-frequency con-
tent, and you don’t want
your mic picking up things
like ventilation noise or
room rumble. You might
also consider using a noise
gate. They can produce
abrupt level changes, but
if you set a very low thresh-
old and a decay time of
about 250 to 400 ms, the
changes won’t be so obvi-
ous. Moreover, the reverb
you'll add to the vocal
track later should smooth
out the transitions.

EDITING BASICS
Composite tracks are typically created
using one of three methods: cutting;
copying and pasting; or using ampli-
tude envelopes. Cutting involves de-
structively removing all of the bad
sections from each take. You are then
left with a number of tracks that con-
tain scattered audio segments, which
make up the final composite take. Cut-
ting is easy, and it’s available in any
editing program, but it’s not very flex-
ible because you can’t go back and
make changes.

Instead of seeking out the bad sec-
tions, the copy-and-paste method in-
volves finding and marking all of the
good sections in each take. You then
copy the best sections and paste them
into a composite track. This method
is easy, and it’s flexible because it
doesn’t alter your
source tracks.

But using amplitude
envelopes is the best
method by far. With
this technique, all of
your edits are fully ad-
justable at all times,
and there’s no need

make changes, you simply adjust the
envelope points and remix. Unfortu-
nately, amplitude envelopes aren’t
available in all audio-editing programs,
so you might have to use one of the
other methods.

Whichever method you choose, al-
ways be sure to use the “snap to zero
crossing” function in your editing pro-
gram. By ensuring that all of your edit
points land on the nearest zero-point
crossing in the audio waveform, this
function minimizes glitches that can
occur between segments. To map out
the good (or bad) sections of each
take, use start and end markers. Then
you can easily select the audio between
each set of markers for cutting or copy-
ing and pasting. When using amplitude
envelopes, however, you don’t need
markers because drawing the envelopes
visually marks each section.

WHERE TO CUT
Where you make your edits is just as
important as how you make them. Find-
ing the right points on a waveform dis-
play can be difficult unless they all
occur in the silence between lyrical
phrases. Within a phrase, however,
many of the words flow into one an-
other. For example, in the phrase “How
can I find a place to call my own?” the
words “find a” and “my own” blend to-
gether, so there’s really no way to do a
clean edit between them (see Fig.1).
The best place to edit is immediately
before a hard consonant. The quick
burst of air used to pronounce hard
consonants separates them from the
word before, so the edit will work even
if there isn’t a pause between the

for cutting or copying
and pasting. You sim-
ply assign amplitude
envelopes to each
take, draw in the vol-

ume changes needed
to mute the bad sec-
tions, and then mix
down to a new com-
posite track. If you de-
cide that you need to

FIG. 2: In a waveform fully zoomed out, pops and clicks have a similar
“spike” appearance. When zoomed in, however, clicks retain the
spike look, whereas pops resemble distorted waveforms.



Qe e

£
-4
o
£
£
-
-1
L,
<
2
|
e
[=]}
by
S
=)
=
&
&

AN a—
e 5

wia

2 $ The Core2 System*

CLASSIC LEXICON SOUND — AT $499 LIST

If you're getting into desk-

top recording, you can bet

on Lexicon to make the

game worthwhile. With

more experience in digital audio than any other

company, our processors are used at every level of

audio recording, from live venues and project
studios, to major film and soundstages.

Now, the Lexicon Core2 Deskiop Audio

System offers you a complete, powerful and

\\'ww.lexicon.com

Lexicon, lrc

* 3 Ouk Park, Bedford, MA 01730-1441 » Tel:

affordable audio interface for vour computer,
giving you connections for four channds of
analog in, eight channels of analog out, eght
channels of ADAT™ digjtal /O and a sterea
S/PDIF pair.

In addition to powerful i/Q, you get audio
performance of the highest quality, with ultra
wide-range 24-bit A/D and D/A conserters with
a dbx Type IV™ Conversion system featuring

on-board Tape Saturation Emulation (TSE™

exicon

Heard In All The Right Places

"81/280-0300 » Fax

781/280-0490 ¢ Lmail: info€ lexice

An MP-100 davghterboard for the Core2 gives
you classic Lexicon sound with all the effects
found in the award-winning MPX 100 Dual
Channel Processor:  Chorus, Flange, Pitch,
Detune, Delay, Echo, Rotary, Tremolo and Lexicon
Reverb and Ambience.

Contact vour authorized Lexicon dealer to
learn more about Core2...

software

intelligent hardware

for your

circle #550 on reader service card

H A Harman Intemational Company

om




® DESKTOP MUSICIAN

words. In our example, the best edit
points are right before the words “can,”
“to,” and “call.” Hard consonants are
relatively easy to find on a waveform
display because of their sharp peaks.
Another useful, but more difficult,
technique is to place your edit points
on fricatives, consonants pronounced
by forcing breath through a constricted
mouth formation. The letters fand s
are fricatives. Because of the noise they
produce, it’s possible to hide an edit
point within them. You’ll be editing
within the word itself, so you should

You, re

modular

use this technique only when absolutely
necessary. Smoothly matching up audio
segments this way is often difficult, es-
pecially when the words are being sung.

KILL THE NOISE

Even if you take preventative measures,
noise can make its way into your tracks.
But a few clicks and pops shouldn’t
deter you from using an otherwise
great section of audio. These transient
disruptions can easily be removed, and
you don’t need any special tools to do
it. Most of the pops your singer pro-
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interconnect any modules exactly the way

you want

state of the art
iu;smal modeling

modules are implemented using SQphIS[lcated physical
models providing rich and realistic sounds of analog
instruments as well as acoustical objects such as tubes,
beams, strings, plates, hammers, reeds, etc.
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create your own instruments using the construction
interface and play them immediately through the
automatically generated playing interface
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duces while performing plosive lyrics
can be filtered out by a pop filter.
Clicks, however, arise from a variety of
sources, including saliva snapping in
the singer’s mouth.

In a waveform fully zoomed out, pops
and clicks have a similar “spike” look.
It’s best to locate them by first listening
to the audio segment and then zoom-
ing in on the suspected area. When
zoomed in, a click still looks like a
spike, but a pop resembles a distorted
waveform (see Fig.2).

You don’t want to simply delete these
transient noises. That could upset the
rhythm of the lyrics. Instead, reduce
the volume of the pop or click by about
10 to 15 dB. You may also want to try re-
placing the click or pop with a tiny bit
of the waveform that comes immedi-
ately before or after it. You'll have to
experiment a little to see what sounds

v

Always use a pop
filter on your mic to
eliminate sudden

bursts of air.

best. You also have to be cautious when
making a selection. Clicks are easy to
select, but pops usually come right be-
fore the start of a word. Take care not
to cut any part of the word itself.

FINAL CUT

If vocals are a big part of your music,
making them sound as good as possible
is a high priority. Creating a composite
vocal track is one of the best ways to
do that. It may take a little time for you
to get the knack of making clean hard-
consonant edits or recognizing and
removing pops and clicks, but it’s defi-
nitely worth the effort.

There may not be such a thing as a
perfect vocal recording. There always
seems to be something that could be
done just a little bit better. But if you
take the time to apply the techniques
outlined here, your vocal tracks can
step a bit closer to perfection.

Scott R. Garrigus is an author, musician, multi-
media expert, singer, and voice-over per-
former. You can contact him at www.garrigus
.com or via e-mail at scott@garrigus.com.
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FIG. 1: This figure shows a 10 ms sine-wave grain with a Gaussian envelope.

Roads has also published numerous
landmark articles on the subject.
Since Roads’s first work, many oth-
ers have contributed to the art. Espe-
cially notable is composer Barry Truax,
who pioneered real-time granular syn-
thesis in the 1980s. To accomplish this,
Truax had to microprogram a DSP de-
vice and write additional software for a

host computer. Today, a variety of gran-
ular synthesis software is available 10
any desktop musician, with little or no
programming involved. (See the side-
bar “Granular Synthesis Tools.”)
Granular synthesis, unlike subtrac-
tive or modulation synthesis, doesn’t
derive from conventional signal pro-
cessing techniques and has no stan-

dard implementation. Curtis Roads’s
technical vocabulary is the closest
thing to an accepted terminology for
granular synthesis, and I'll use it in
this article.

STRUCTURE OF A GRAIN

Let’s start by looking at how a single
grain is generated. It's a fairly trivial
operation. The classic recipe calls for
an oscillator signal with a simple am-
plitude envelope. An oscillator-based
grain of this type is termed synthetic.
Any waveform can be used in a syn-
thetic grain, but a sine wave is probably
the most common. Another approach,
called sound-file granulation, uses audio
samples as the source signal. Sample-
based grains are called file grains.

For a grain’s amplitude envelope, a
smooth curve is often desirable because
it doesn’t produce sharp transients in
the grain. The most common grain
envelope is the bell-shaped curve of a
Gaussian function. Shapes that ap-
proximate this curve, such as triangular

GRANULAR SYNTHESIS TOOLS

The good news is that granular synthesis software abounds
on both the Mac and PC platforms. The better news is that
much of it is free or very inexpensive.

If you're a Macintosh user, you’ll definitely want to
get ahold of Chris Rolfe’s award-winning MacPOD
{(www3.bc.sympatico.ca/thirdmonk), which is a real-time,
MiDI-controllable file-granulation program. MetaSynth, by
U&I Software, offers granular synthesis—-based effects in its
Effects palette. A demo is available at www.uisoftware.com.
ThOnk_0+2 (www.audioease.com) is a file-granulation pro-
gram by Arjen van der Schoot, who boasts that composers
can use the free program “without having to think at all.”
Just provide an input file, and thOnk_0+2 will generate
reams of material. Despite its name, Mike Berry’'s Grain-
Wave 3 (www.nmol.com/users/mikeb) does much more
than granular synthesis. It's a real-time software synth-
esizer with a grain operator that generates both syn-
thetic and file grains. James McCartney's SuperCollider
(www.audiosynth.com) also supports real-time granula-
tion; some coding is required. Curtis Roads's classic Cloud
Generator, which is not a real-time application, is avail-
able through Tom Erbe’s Mac computer-music Web site
(shoko.calarts.edu/~tre/CompMusMac).

The Windows platform also has some excellent
granular synthesis programs. Rasmus Ekman’s real-time
Granulab (hem.passagen.se/rasmuse/Granny.htm) handles
both file and synthetic granulation and includes refinements
such as patch storage, MIDI control, and mouse-controlled
crossfades between patches. The full registered version can
generate up to eight grain streams at once. Ross Bencina’s
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AudioMulch (www.audiomulch.com) is a full-featured, real-
time software synthesizer with a granulator that takes its
input from a delay line. Chaosynth (www.nyrsound.com) does
real-time granular synthesis, filtering, and reverb with grains
generated by cellular automata. It will also produce a MIDI
file from the granular data. (A new version is NT-compatible.)
Finally, the U.K.-based CDP (www.bath.ac.uk/~masjpf/CDP/
CDP.htm) has recently added GrainMill, a file- and synthetic-
granulation program, to its collection of inexpensive synthesis
programs. CDP’s Groucho signal-processing package also
contains a set of grain-manipulation tools.

The Csound language (Mac, Windows, Linux, BeOS,
other platforms) includes several granular unit generators.
Csound is available from http:/mitpress.mit.edu/e-books/
csound/frontpage.html. You might start with the relatively
simple grain generator, then graduate to the more complex
granule, which accepts no fewer than 22 parameters! Tom
Erbe’s CornBucket utility takes another approach: it generates
a Csound score file consisting of zillions of grain events. Get
it at Erbe’s site (see above).

One final cross-platform option is the Kyma System
from Symbolic Sound. This hardware-accelerated synthe-
sis workstation has so many built-in tools for granular syn-
thesis that it definitely deserves a look. You'll find numerous
presets ready to splice and dice any sound you throw at
them, plus built-in granular sound generators that can em-
ploy any basic waveform you want. Kyma can do granular
synthesis in real time, with all the parameters live and tweak-
able. Have a look at www.symbolicsound.com/kyma.html
for an introduction to the system.
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or simple three-stage envelopes, are
also commonly used.

Figure 1 shows a typical sine-wave
grain with a Gaussian envelope. Be-
cause of the grain’s short duration, the
ear registers it as a “blip” of ill-defined
pitch and timbre. Taken by itself, it’s a
rather boring sound. However, the ob-
jective in granular synthesis is not to
produce grains that are interesting
individually, but to sequence these
neutral-sounding blips into larger
events that will interest the listener.
In this context, the anonymous char-
acter of the grain is actually an asset.

Grain parameters can vary on a grain-
by-grain basis. You can vary many
aspects of the grain, including the
waveform or sample source, and its am-
plitude, frequency, duration, envelope
shape, and pan position. The effect of
changing some of these parameters
will be obvious. For example, if you
synthesize 100 grains over 2 seconds
and increase the frequency of each
grain by a small amount, you will get
some sort of pitch-sliding effect. Other
parameters, such as duration and en-
velope shape, have effects that cannot
be fully understood until we consider
what happens when we arrange grains
in time.

SEQUENCED GRAINS AND AM
Amplitude modulation (AM) is an im-
portant component of granular syn-
thesis. If you're not familiar with the
basics of AM synthesis, you may want
to look over a previous “Square One”
article on that topic, which appeared
in the March 1999 EM.

The easiest way to understand the re-
lationship between granular synthesis
and AM is to consider a stream of even-
ly spaced sine-wave grains, like that in
the top track of Figure 2. This simple
example, where the time intervals be-
tween grains are equal, is called syn-
chronous granular synthesis (SGS). If the
rate of grain generation, or grain den-
sity, is lower than about 20 grains per
second, the grains will be perceived as
a metronomic sequence of sounds. If
the grain density is higher, listeners
will hear a continuous signal.

SGS is equivalent to amplitude mod-
ulation of a carrier signal by a periodic
modulator. The carrier, in this exam-
ple, is a sine wave, and the modulator is
the repeated envelopes. To figure out
the modulator frequency, take the in-
verse of the period between one grain
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and the next. For example, given a pe-
riod of % of a second, the fundamental
modulator frequency would be 30 Hz.
As in conventional AM, sidebands
(sums and differences of the carrier
and modulator frequencies) appear in
the output spectrum.

The shape and duration of the en-
velopes determine the modulator wave-
form and therefore its spectrum. In

v

You can
approximate
granular synthesis
with your favorite
sequencer and

synthesizer.

general, envelopes with sharp rise and
fall times will generate stronger high-
frequency content than smooth en-
velopes. Thus the choice of envelope
can have a considerable effect on the
number and strength of the sidebands.

SGS isn’t the most typical application
of granular synthesis; it’s a rather cum-
bersome way to produce AM effects.
(To get ordinary AM, use ordinary sig-
nal generators.) However, SGS does let
you vary one or more parameters per
grain, leading to complexities difficult
to produce with AM alone. In the bot-
tom track of Figure 2, the frequency of
each grain is random
within a 50 Hz to 2 kHz
range. We could analyze
this as amplitude modu-

volves some degree of aperiodicity in
the timing of the grains. The effect is
often similar to AM with band-limited
noise as the modulator signal; there is
random sideband energy, which is per-
ceived as noise.

The term cloud is particularly appro-
priate for AGS-generated events. Like
natural clouds, an AGS cloud is made
up of randomly configured particles.
Rather than arranging all details of
the grains that make up the cloud, you
specify the duration of the cloud and
the way various grain parameters will
change over that period of time. Grain
density, frequency, amplitude, pan-
ning or multichannel dispersion, wave-
form, and envelope shape may all be
variable over the life of a cloud, de-
pending on what software you use.
Non-real-time programs like Cloud Gen-
erator require you to give initial and
final values for the parameters you
want to change, before the software
generates the grains. Real-time pro-
grams, like Chris Rolfe’s MacPOD and
Rasmus Ekman’s Granulab, let you con-
duct the cloud-generating process as
you listen.

The frequency content of a cloud
determines whether it will have a
strong pitch center. Clouds in which
all grain frequencies are the same, or
fall within a narrow range, tend to have
a perceptible pitch, somewhat like
bandpass-filtered noise. If grain fre-
quencies are dispersed over a wide
range, the cloud will sound more like
broadband noise. Low and high bound-
aries for grain frequency may be speci-
fied in terms of bandwidth or as a

lation of a carrier that is

also being frequency mod-
ulated by a quasi-random
step waveform.

SONIC SPRAY GUN

Asynchronous granular syn-
thesis (AGS), in which
grains are distributed
randomly over some pe-
riod of time, is a more
widely used form of gran-
ular synthesis. AGS works

like a sonic spray gun,
scattering droplets of
sound instead of paint.
By definition, AGS in-

FIG. 2: These two tracks are examples of synchronous granular
synthesis (SGS). The top track shows constant grain frequencies,
and the bottom track shows grain frequencies randomized.
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frequency deviation from
a center value.
Figure 3 illustrates a sim-

ple l-second cloud in
which the grain density
increases while the grain
amplitude decreases. For
this cloud, the initial and
final values for grain den-
sity were 30 and 60 grains
per second. The initial
and final amplitude values
were 60 percent fullscale
and 0. Frequency and all
other parameters were
held constant. This cloud
sounds like a series of
rattling pitched-noise
sounds, gradually accelerating while
diminishing in volume. The rate of ac-
celeration and the volume fade are
random. This unpredictability imparts
a certain liveness 1o the sound. Note
that some of the grains in Figure 3 over-
lap, which is common in AGS and can
easily lead to clipping. To avoid clip-
ping, you may find it necessary to lower
the grain amplitude range.

decreases.

OTHER RESOURCES

I e

FIG. 3: This is a 1-second example of asynchronous granular
synthesis (AGS). As the grain density increases, the amplitude

YOUR GRAIN, MY GRAIN
Generating grains from prerecorded
audio files brings additional complexity
to granular synthesis. A grain’s wave-
form may be read from any point in a
sound file, in any order. Thus, a huge
number of different waveforms may be
derived from a single file, simply by
varying the read pointer. There are
many different algorithms for select-
ing samples from a source file.
The simplest approach would
be to use samples as source
material for SGS. This can be
done by repeatedly playing

If you want to find out more about granular
synthesis, the first place to look is the writ-
ings of Curtis Roads; see the discussion
and bibliography in his Computer Music
Tutorial (MIT Press, 1996). Also look at the
excellent and practical Cloud Generator
manual. Representations of Musical Sig-
nals (MIT Press, 1991) also has a chapter on
granular synthesis, though much of it is
highly technical. Barry Truax describes his
mid-1980s work programming for real-time
granular synthesis in Computer Music
Journal 12, no. 2 (summer 1988). Also
worth noting is Michael Berry’s in-depth
description of his GrainWave program,
published in Computer Music Journal 23,
no. 1 (spring 1999).

Commercial recordings featuring granular
synthesis are not widely available. River-
run, by Barry Truax, is included on his Digi-
tal Soundscapes CD (Wergo 2017-50). Curtis
Roads’s nscor, which uses granular and
many other techniques, is found on New
Computer Music (Wergo 2010-50). Concret
PH, an early work by lannis Xenakis, incor-
porated granular textures and is available
from the Electronic Music Foundation at
www.emf.org.

back samples, given a start
point and length.

A more interesting variant
would be to move the start
point progressively from the
start to the end of the source
file, which can produce un-
usual time compression or ex-
pansion effects. For example, a
2:1 expansion occurs when the
cloud length is twice the
source-file length. Usually, the
result has more artifacts than
you'd get from commercial
time-warping products; you
can get a variety of fashionably
lo-fi sounds, especially if you
use more percussive envelopes.

Of course, you can intro-
duce randomness into the
sample selection process. At
one extreme, you can grab
samples at random from an
input file, utterly garbling the
source signal. Another ap-
proach is statistical evolution,
which means that, at the be-
ginning of<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>