
DING, MOST OTHER CONSOLES 
MI’ROMISIXG SITUATION. 

Use more effects/signal 
processing gear on more 
tracks with the M-2600. Use 
two (count 'em) true stereo 
send/retums to support stereo 
effects units. Plus, you still 
have 4 fully-assignable AUX 
sends left over for other gear. 
A total of 8 AUX sends — 
more than nearly any other 
console — anywhere. Better 
yet, you can use them all at 
once. No compromises. At 
mixdown, you can actually 
double your inputs so you 
can mix in all those virtual 
tracks, fust press the “Flip"* 
switch. No repatching. No 
need to buy expensive and 
space-eating expansion 
modules. 

Only the M-2600provides two independent stereo cue 
systems. Demanding performers can hear the submix or 

scratch tracks the 
I way they want, 
I so they 'll perform 
I better. Meanwhile, 
I the control room 

or producer's mix 
| is unaffected. You 

iSI can accommodate 
is I everyone involved 

I in the production — 
_ without interrupting 
■ the creative flow. 
■ Best of all, using the cue mixes doesn t involve tying up 
■ your valuable AUX sends. 

The incredibly flexible design of 
the M-2600 means signal routing 

button, instead 

of a tangle of wire. Our decades of mixer experience has resulted in an ergonomic 
design that's exactly what you need: a board that speeds and facilitates recording 
and mixdown. Everything is where you intuitively think it should be. Dedicated solo 
and mute indicator lights on every channel, on master AUX sends, stereo returns, 
and each of the 8 busses so you always know exactly what you're monitoring. Plus, 
SmartSwitches™protect you against redundant or canceling operations. 

'MJ 

Of course, the M-2600 sounds great. It's got totally redesigned low-noise circuitry, 
Absolute Sound Transparency™ and tremendous headroom. No coloration and 
virtually no noise. You will hear the difference. So, even during long mixdown 
marathons, you'll hear an accurate representation of what's been recorded. 

TASCAM. 
Take advantage of our experience. 

7733 Telegraph Road. Montebello, CA 90640 (213) 726-0303 
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E Q TRACKS 

Dionne Farris "I Know" 

Engineer Don McKinzie 
talks about the crossover 

hit from the album 
Wild Seed-Wild Flower 

EQ: It sounds like the lead vocal is 
either naturally or artificially cho¬ 
rused. How was this achieved? 
Don McKinzie: Dionne is very much 
into natural effects. When we were 
cutting, we would often take the 
rhythm tracks, mix them down to 
four or six tracks of a second 2-inch 
reel, and then cut vocals. On some 
songs we would only mix to a stereo 
pair and then cut vocals. Dionne 
might have as many as 20 tracks of 
vocals — she sang all of the back-

DIONNE 

ground vocals save for one or two 
male parts that David Harris sang. So 
when you hear that doubling you are 
not hearing artificial doubling, you 
are hearing Dionne doubling herself. 
She would spend hours in the studio 
going over parts just to make sure 
that they sounded almost like elec¬ 
tronic doubles. We could spend up to 
two hours on one line making sure 
that the double sounded like the 
lead. Dionne is a real perfectionist, 
but she’s real easy to work with and 
she is open to suggestions all the 
time. She knows what she wants to 
hear and she won’t settle for any¬ 
thing less. Every day she would come 
in prepared and ready to go. 

Was she cutting the vocals in the con¬ 
trol room? 
No, she was in the studio. Most of the 
vocals were cut here at McMix Pro¬ 
duction Services, Inc. (Atlanta, GA). 
We tend not to cut vocals in a booth 
anymore. We usually put the vocalist 

FARRIS 

ROCKER ROLL: Check out the intense vocal stylings of Dionne Farris on her new CD. 

in the big room (about 40' x 50’) so 
that we can get some air into the 
recording. What I would do to mini¬ 
mize reflections is use two six- or 
seven-foot gobos in a V-shape behind 
her. But I like getting the air that 
comes from a high ceiling and large 
room. 

Is that room very live? 
The rooms at McMix have variable 
acoustic panels that can be moved or 
removed. There was not really a per¬ 
ceptible delay in the room, but it 
didn’t sound like she was close miked 
in a closet either. It was all by ear, and 
we would change that quality from 
song to song or even from part to part 
within the same song. On "I Know” we 
didn’t use just one microphone 
because Dionne also sang all of the 
background vocals. She can change 
her voice so when we would do back¬ 
grounds, she would change to a dark¬ 
er or brighter sound. To complement 
that we might switch between an AKG 
Tube, a Neumann U89 or U87, or 
whatever worked best. 

So instead of just picking a mic and 
playing it safe, you worked for differ¬ 
ent timbres on some of the parts. 
Sure. That’s the job of an engineer. 
You always want to pick the mic that 
makes the vocalist sound best, but if 
the vocalist changes, then that is 
going to change the transducer that 
you use on that vocalist. Sometimes 
she would sing a part and I could 
hear that it was time to change the 
microphone. 

In general were you using the mies 
set to a directional pattern or in an 
omnidirectional mode? 
It was almost always cardioid, some¬ 
times supercardioid. There were other 
songs where we cut live background 
vocals and I would set up two vocal¬ 
ists on each side of a bidirectional mic 
and let them naturally blend. I always 
fed the headphones prefader and with 
the vocalists at the same level. If you 
feed the headphones so that each 
vocalist is at the same level, they tend 
to blend better by naturally adjusting 
the level of their voices. 
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Feedback, noise and leakage destroying 
your mix? Tried a gate but all you got was 
false triggering, chattering, clicks and pops? 

The only gate be 

The Aphex Logic Assisted™ Gates are heaven sent, with a patented process eliminating gating problems. 
Just ask top sound companies like Clair Brothers and Electrotec, who rely on perfect gate performance. 

TM 
Aphex Logic Assist is available in the Model 9621 module, compatible with the Aphex 9000 and dbx® 900 
frames, the Model 105 four channel gate (1RU) and the Model 622 two channel, full featured gate (1RU). 
Aphex Gates - as good as it gets in this lifetime. 

APHEX 
CIRCLE 07 ON FREE INFO CARD 

Improving the way the world sounds™ 
11068 Randall Street, Sun Valley, CA 91352 • Tel: 818-767-2929, Fax: 818-767-2641 

Logic Assist is a registered trademark of Aphex Systems, dbx is a registered trademark of Harman International. 



TRACKS 
ADVENTURES IN MODERN RECORDING 

CIRCLE 86 ON FREE INFO CARD 

VIDEO! 

CONTACT YOUR 
LOCAL MUSIC STORE. 

SEND CHECK OR MONEY ORDER TO: 

PREMIUM ENTERTAINMENT 

1025 SANSOME STREET 

SAN FRANCISCO, GA 94111 

Learn the Art of Recording from the creators 
of dozens of gold and platinum records. 

7 COULD HAVE LEARNED MOKE ABOUT RECORDING FROM WATCHING THIS VIDEO SERIES 
THAN I DID TH THE FIRST FIVE OK MORE YEARS OF MV PROFESSIONAL CAREER. " 

-Jimmy Waldo (Alcatraze/Quiet Riot) 

Engineers for Led Zeppelin, Moriah Corey, Jimi Hendrix, Rolling Stones, Michael Bolton, the 

Beatles, among many others, shows you how to make studio quality recordings al home, 

covering everything from portastudios to the lotest 24 track digital home recorders. 

Part One: Essential elements of recording! 2 hrs. $49.95* 

Part Two: Follow o band through the complete Recording Process! 90 mins. $49.95* 

Order now ond receive the entire 3.5 hr. series for only $69.95* 
The series, starring Eddie Kramer, includes a visit with Les Paul himself!!! 

CALL 1 -800-995-9664 TODAY! 
‘Plus shipping and handling. 

STEDMAN 

CIRCLE 87 ON FREE INFO CARD 

N90 
MADE 
IN 
USA 

NOTHING BETTER 
than a 

The N90 gets it! 
- . : 
■ ' - ■ . ' : . : ■■ ■ ■ ' ■ ■■ ■ i . ■ 

' ' ' ' ' ' ' ' ' 

Ask your dealer or call us today! 
1-800-873-0544 

List $399 
Optional Shock Mount $49.50 
A A KI 4167 Stedman Dr 

J I L U M A IN Richland Ml 49083 
corporation Phone 616-629-5930 • Fax 616-629-4149 

E Q 

What was the signal flow from mic to 
tape machine? 
We cut everything either with a tube or 
high-quality, solid-state condenser mic 
directly into a tube mic pre, mostly the 
Drawmer 1960. I have done major 
amounts of voice-overs and I find that 
the Drawmer does real well. Sometimes 
I’ll pick it over a more expensive unit. I 
never really use it for the 48-volt phan¬ 
tom power though — I usually use 
either the microphone’s power supply 
(as in the AKG Tube) or I use an exter¬ 
nal Sony 48-volt power supply. 

Did you compress Dionne’s vocals to 
tape? 
We would compress going to tape and 
sometimes we would double compress 
going to tape. On some songs, when I 
started cutting tracks it was apparent 
to me that the mixes were going to be 
very thick with a lot of parts. I knew 
that I wouldn’t be mixing, so I wanted 
to make it as easy as I could for the 
mixing engineer. In those cases we 
would double compress with a couple 
of tube compressors. It makes mixing 
more of a set-and-forget type of thing. 
The compression ratio varied between 
a 4:1 and 6:1 ratio. A lot of times the 
threshold would be a low as -10. I’m 
not afraid to compress as long as it 
doesn’t start pumping and breathing! 

When you would double compress, 
did you set the units roughly at the 
same ratio, or did you set up one to 
compress and the other to limit? 
It varied. Mostly so that one would be 
compressing the other. After a while you 
tend not to look at the settings and just 
use your ear. I would check the metering 
in and out. We would cut directly to tape 
with no console in between — I have 
always liked doing that. I think we were 

1 cutting at +9 over 250 nanoWebers/m 
with Ampex 499 (no noise reduction) on 
an old MCI JH16 24-track, but a lot of it 

i was cut on an Ampex MM1200. I’m a big 
fan of that machine. You can really 
smack the electronics hard and it still 

1 sounds good. You have to take into 
account the transients that some sounds 
can have like samplers or drum 

¡ machines. If I set the machine up for +3 
or +6 and keep the meters peaking at 
between 0 and +3,1 have the headroom 

I for the transients, and it comes out 
sounding punchier and cleaner. E® 
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SHURE BROTHERS INC. EVANSTON, IL 1-800-25-SHURE. THE SOUND OF PROFESSIONALS...WORLDWIDE’ 
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David Byrne. Many Stories 

One Microphone: Shure Beta 87 

SHURE 



M I INSIDER 

The Long & Short of Short Delays 

Make room 
for delay 

BY CRAIG ANDERTON 

The reverb-drenched sound of 
the '60s and '70s is well behind 
us, as is the chorused gauziness 

of the ‘80s. The sound of the ‘90s is 
high-definition and in your face; you 
hear less and less reverb on records, 
whether you’re talking Red Hot Chili 
Peppers or cutting-edge dance music. 

You might think going direct is 
one way to get this effect, but we’re 
used to instruments having some “air,” 
both from resonances within the 
instrument itself and from the room in 
which it is played. Listen to a drum 
machine going direct into the board: 
yes, the sound is clean — but there’s 
also a certain deadness. The stereo is 
too wide; drums become individual 
points of sound instead of being part of 
a cohesive, unified kit. Any electric or 
electronic sound source suffers from 
similar problems when going direct. 

Some recording engineers even 
pump electronic sounds through speakers 
and then mic them (not at all a bad idea, by 
the way), but there’s a more predictable 
and compact way to give your electronic 
sounds some air: model a room. 

AMBIENCE FOR THE '90S 

While “modeling” is a big buzzword 
these days, the concept has been 
around for a while. Any electronic 
reverb is essentially modeling what 
happens when sound waves run 
around loose in a room. 

Recording in a very tight, sparse, 
hard “box” of a room is one way to get 
that in-your-face sound. Back in the 
early days of digital delay, one tech¬ 
nique to simulate this kind of ambi¬ 
ence was to put several delays (with 
delay times of 1 to 10 ms or so) in par¬ 
allel. Mixing these delays well in the 
background creates the "comb filter¬ 
ing” effects associated with typical 
small rooms. 

Unfortunately, with today's digi¬ 
tal multieffects the room, plate, 
spring, and hall reverb simulations 
tend to be optimized for traditional 
long decays with lots of reflections, 
not short delays — but there is a 
workaround. 

Many multieffects now offer an 
easy way to experiment with short 
delay techniques thanks to multivoice 
chorus algorithms (also called multi¬ 
tap delay algorithms). 

The typical multivoice chorus or 

tapped delay algorithm looks some¬ 
thing like fig. 1. Most inexpensive multi¬ 
effects combine the stereo input signals 
into mono. This signal then feeds to 
three to eight different delay lines (fig. 1 
shows a four-voice tapped delay). Each 
delay has controls for initial delay, feed¬ 
back, level, and pan. There will also be 
some kind of dry level control. 

Multivoice chorus units will also 
be able to modulate the delay times. 
Sometimes this controls all delays; 
sometimes each delay has its own 
modulation. 

When patching into a mixer, you 
would generally drive the multieffects 
inputs from an aux (or effects) bus, 
just like you would a standard reverb, 
and feed the outputs into the aux 
returns. Turn up the send controls for 
the channels you want to process, and 
regulate the overall level with the aux 
bus return level control (remember 
that a little bit goes a long way). 

TYPICAL PARAMETER VALUES 

Following are two programs for the 
Alesis Midiverb 4 designed specifical¬ 
ly for processing drum-machine 
sounds to make them sound more 
"live.” (If you don’t have a Midiverb 4, 
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sound variations. 

Plus a smooth 2-octave pitch shift for new harmonic pos¬ 
sibilities. And true stereo operation so you can run stereo 

effects or two discrete mono effects. 2-band EQ. And Zoom 
Noise Reduction to keep everything studio-quiet. 

The Zoom Studio. What it does will surprise you. How it sounds 
will amaze you. 

*Our algorithms are complex, step-by-step computational procedures painstakingly 
created by Zoom digital engineers that ultimately determine the depth and sound 

quality of each environment (halls, rooms, etc.). 

tYes, we know you've heard this before, but definitely not in a reverb costing $249.99. 

SOUNDS. The reason Zoom is a 
recognized leader in digital signal 

processing worldwide. 

To get those sounds into the new 
Studio Reverb, Zoom engineers sam¬ 
pled the world’s finest audio environ¬ 

ments to create powerful new algorithms*. 
They also insisted on a CD-standard 44.1 
kHz sampling rate and massive 24-bit inter¬ 

nal processing to ensure the highest level of 
audio over the full 20 Hz to 20 kHz bandwidtht. 

Then they added the kind of features that just don’t 
exist in a processor this affordable. Like 512 user-

adjustable programs (32 different effects including 
reverbs, delays, gates, tremolo, chorus, flanging and 

more) with two dedicated edit controls that affect 
selected parameters. Giving you literally thousands of 

Even with 
512 user-adjustable 

programs, 
2-octave pitch-shifting 
true stereo operation 
and more, the most 

amazing thin, 
is how it sounds 

CATCH US IF YOU CAN 
Zoom is distributed in the United States by Samson Technologies Corp.. P.O. Box 9068. Hicksville. N.Y. 11802-9068 • Tel: (516) 932-3810 • Fax. (516) 932-3815 

© 1995 Samson 
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the principles also apply to other 
units.) (See this issue for reviews of the 
Alesis QuadraVerb 2 and Midiverb 4.] 

Typical parameters for a program 
based on the Four-Voice Chorus algo¬ 
rithm are: 
Page 1 (modulation): Rate = 0.2 
Hz, Depth — 255, Feedback = 7% 
Page 2 (delay times): Predelay 1 = 
1 ms, predelay 2 = 2 ms, prede¬ 
lay 3 = 3 ms, predelay 4 = 4 ms. 

Page 3: Dry only (—) 
This creates a dry, tiny room. The 

very slow modulation effect adds a bit 
of animation that dynamically colors 
the sound. For a more static sound, set 
the depth to 000. To change the room 
characteristics, try various other pre¬ 
delay times between 1 and 10 ms. 

The next program uses the 
Tapped Delay algorithm. Although 
with the Midiverb 4 this has only three 
taps compared to four for the chorus, 
each tap has more flexibility. Use 
these values as a point of departure: 
Page 1: Time 1 = 005, Level 1 = 
99, Pan 1 = -50, Feedback 1 = 00 
Page 2 : Time 2 = 007, Level 2 = 
99, Pan 2 = 50, Feedback 2 = 00 

Page 3: Time 3 = 003, Level 3 -
99, Pan 3 = 00, Feedback 3 = 00 
Page 4: Master Feedback = 50%, 
LowCut Filter 177 Hz, Hi Cut 
Filter 15.1 kHz, Mix = (—) 

Some notes: Master feedback is 
set to 50 percent, so if you want to 
experiment with individual feedback 
taps, turning them up just a little bit 
gives an audible effect. The low-cut fil¬ 
ter is handy for keeping the kick drum 
out of the ambience effect, thus giving 
a stronger "thud.” 

This program seems to work best 
with the short delay panned center 
and longer delays panned left and 
right. Of course, more expensive units 
with more taps let you create corre¬ 
spondingly more complex ambiences. 

WATCH OUT FOR... 

If you turn up the aux returns to obtain 
lots of processed signal, beware of 
phase cancellations. Although the 
whole point of this exercise is to add 
the phase cancellation/addition 
effects found in the average room, 
high levels of processed signal can 
cause excessive cancellation. Check 

the signal for mono compatibility. 
Another consideration is that this 

technique will tend to "monoize” the 
signal and make the stereo spread less 
obvious. Frankly, I consider this a ben¬ 
efit as it provides an overall sonic 
ambience for the drums. 

Finally, note that these delays can 
sound good on vocals, but there’s still 
nothing like a nice, warm chamber for 
wrapping around a voice. I always 
have at least two reverb devices avail¬ 
able — one to create these short, 
ambient delays, and the other a more 
traditional plate sound for vocals. This 
gives the best of both worlds. 

(Download an AIFF or WAV file 
from America Online comparing drums 
processed through short delays com¬ 
pared to straight drums. Use keyword 
SSS then the following path: EQ Online > 
Demo Sounds > Short Delay Example.) 

Craig Anderton would like to take 
these few column inches to plug his 
new book "Multieffects For Musi¬ 
cians” (published by AMSCO), 
which tells you just about all you 
need to know about these critters. 

P.O. Box 2246 • Tempe Arizona 85280 • Tel (602)940-0129 • Fax (602)940-0179 

YOUR SOUND ABSORPTION 
PRODUCTS WORKED BRILLIANTLY. 
Robert Scovill, TEC Award Winner 1992, 1993 & 1994 “Best Sound Reinforcement Engineer” 

System Analysis has released a new, innovative product designed 
to handle large sound absorption needs in studio environments -
the Studio Wavelength Absorbing Linear Structure (S. W.A.L.S.). 

The S.WAL.S. superior performance is achieved by nine layers of 
materials of different densities. All System Analysis products offer 
great sound absorption properties at levels never achieved before 

in portable structures. 

PORTABLE SOUND ABSORPTION PRODUCT FEATURES: 

• Linear gobo absorption acoustics for crosstalk control 

. Isolation “booth” with linear absorption & high STC barrier 

. Independent tests report sound levels reduced by 20 db 

• Room resonance control using mass and surface area 

• 4’, 5' and 6’ sizes, as well as custom sizes by special order 

• Durable laminate and wood finishes - ryrra 
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Afesis Corporation 3630 Holdrege Avenue Los Angeles CA 90016 1 -800-5-ALESIS ALEC0RP@Alesis1.usa.com 
CIRCLE 08 ON FREE INFO CARD 

■ • non information about the S4 Sound Module, see your Authorized Alesis Dealer or call 1-800-5-ALES1S. 
M QuadraCard and Sound Bridge are trademarks. Alesis and ADAT are registered trademarks of Alesis Corporation. 

And there’s a lot more. A massive on-board library of 
640 all new Programs and 500 multitimbral Mixes, 
expandable to 1152 Programs and 900 Mixes with 
our QuadraCard RAM card. 4 independent multi¬ 
effects busses and the most powerful modulation 
matrix available. A beautiful, easy to read backlit 
custom LCD display brings the whole Plus story 
right to your fingertips. And, you get our free Sound 
Bridge™ software for converting your own samples 
into QuadraSynth format. Genius. 

Whether you’re scoring films, tracking songs, or hitting all 
the notes at center stage, the S4 Plus is the most powerful 
composition, production and performance sound module 
available. It had to be. After all, there’s a whole lot of notes 
to hear. And play. At your Alesis dealer. 

Beethoven would have loved the 64 voice polyphony of the all new 
S4 Plus™ 20 Megabyte Expandable Sound Module. The first sound 
module with the powerful QuadraSynth Plus sound engine, its true 64 
voice polyphony lets you play dense, complicated musical scores without 
the problems of voice robbing. 

The only sound module with the ADAT® Optical Digital Interface for direct 
digital recording to ADAT, the S4 Plus’ 20 Meg sample ROM features the 
direst digital, warmest analog and most realistic instrument samples available, 
-eluding GM samples for classic multimedia presentations. 

The S4 Plus is the only sound module that plays the amazing QuadraCard™ 
Stereo Grand Piano - the same one that's in the QuadraSynth Plus Piano, 
h s the world’s only 8 Meg, phase accurate stereo piano available on the 
powerful and affordable PCMCIA card format. It’s been said this is the 
test sampled piano ever. Could be reason enough to own the Plus. 

S4Plus 
64 VOICE 20 MEGABYTE 

EXPANDABLE SOUND MODULE 


