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When the Music Store Mixer Won’t Cut It

The simple fact s, all the other PA consoles available
today lack the processing, monitoring, and routing cap-
abilities that today's touring acts have grown to expectin
the studio. The WHEATSTONE MTX-1080 is the rein-
forcement console that PA mixers have been asking for.
It's loaded with features, like programmable muting; 8
effects send controls (each with pre, post and off func-
ticns, programmable to pre-fader or pre-EQ); four-band
sweepable equalization with switchable Q and peak/shelf
modes; tunable HPF; separate electronically balanced mic
and line inputs (transformer balanced option available);

XLR direct channel outputs; and channel, subgroup and
main output insert points. Of course, the console also has
eight 11x1 input matrix mixes (up to 16 are available using
optional matrix expander modules). Mainframe size,
module complement, group placement and aux zone
control modules are configured per client specifications.

Now in our 10th Anniversary Year—ten years experi-
ence building Audioarts Engineering and Wheatstone
custom consoles. The WHEATSTONE MTX-1080 Console:
built by professionals . . . for professionals.

@\/\/h@@tfton@@ Corporation

6720 VIP Parkway, Syracuse, NY 13211 (315-455-7740)

Circle (1) on Rapid Facts Card




-

g -

No one has the facility to meet
your needs quite like Centro.

The demand for greater production we will meet all performance budget and
values has existing broadcast and tele- deadline targets.
production facilities expanding and new We also recognize that many smaller

facilities opening at an amazing rate. The facilities are being developed subject to

need for professional systems integration modest budgets. In response, we have

has neverbeen greater. developed a unique
At Centro, we Know approach to systems

from experience that (| furmniture: modular
there are common consoles and racks.
facility requirements. \ i Built to the same

We are also savvy strict specifications
enough to realize there as our custom turnkey
are very special as- systems, these com-
pects of each facility ponents are surpris-
which are totally ingly economical, very

unlque. A unique approach to systems furniture. versatile and aestheti-
We know, too, that cally unsurpassed.

a highly organized approach to project So, whether you need a total turnkey

management is the key to the successful installation or custom consoles and racks,

completion of facilities large and small. we have the facility tc meet your needs,

From the initial concept meeting to just give us a call.

Centro is a subsidiary of Skaggs
Telecommunications Service, an
American Stores Company

Centro Corporation

handing over the keys, we carefully mon-
369 Billy Mitchell Road
Salt Lake City, Utah 84116

itor each step of every project to insure
1-800-654-4870
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Microphones and Monitors

Virtually all audio production tasks in-
volve the use of microphones to capture
the sounds and monitor loudspeakers to
audition them. RE/P spotlights the es-
sentials of these two vital categories of
studio equipment.

Stereo Microphone Evaluations:
An Overview of Techniques
and Subjective Assessments

A look at stereo techniques and

the perception of qualitative differ-

ences of professional microphones.

By Lowell Cross . .

...... 24
An Engineer’'s Guide to
Studio and Live-Performance
Microphones
To achieve high-quality results, an
engineer needs a bhasic under-
standing of the various types of
available mics.
By Bruce Bartlett

The Art and Science of
Close-Field Monitors

What selection criteria should ex-

ist for close-field monitors, and

where should they best be located

in the control room?

By John Eargle . . . . .. 40

Hands On:

Beyer MC740 Condenser Mic.

By Lowell Cross e
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Evaluating Low-Frequency
Driver Performance

When selecting an LF transducer

there may be more to look for in

the performance specifications

than a large coil diameter.

By Clifford A. Henricksen . .

Part One:
Time Code and
Synchronization
Keeping Music Video and
Films in Sync with
Audio Playback
This 3-part series of articles will
concentrate on practical, hands-on
information to help alleviate most
of the common sync problems.
By Larry Blake

Design Parameters of Digital
Anti-Aliasing and Anti-
Imaging Low-Pass Filters

Developments suggest that the

sonic quality of low-pass filter sys-

tems can he improved with re-
placement linear-phase filters.

By Bruce Jackson and

Christoph Heidelberger

Selecting and Using a
Production Music Library
Commercial production music li-
braries provide an alternative for
scoring video and film projects.
By Merelvn Davis .

2 Recording Engineer/Producer
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A cluster of stereo microphone arrays at
the University of lowa during one of Pro-
fessor Lowell Cross’ evaluation sessions,
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32 Tracks constant tension tape transport; & buill-in autolocator; M noiseless
and gapless punch-in/punch-out, and HX-Pro—at a price you can afford. & We call it
‘opportunity”. You'll call it "a killer

We know getting started in the music business can't mean an MTR-90 in the first
month, even when your talent warrants |t 0 we've given you the next best thing—tne
MX-80. B Now you have room for the band, the back-ups, the strings and the horns—with
some bucks left over for that new console you've been looking at. ¥ And there's a 24
channel version too! & From Otarn: Technology You Can Trust

Contact your nearest Otari dealer, or call Otari (415) 592-8311 I/AIR/I

Otan Corporation, 2 Davis Dr, Belmont, CA 94002 —
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ditorial

Audio
Potentials

By Mel Lambert. Editor

It cannot have escaped anybody’s at-
tention in the pro-audio industry that the
recent CopyCode scanner proposals
have been receiving a great deal of
media attention during the past several
months. | have chosen to remain silent
on the entire puzzle, simply because |
feel that the subject of piracy and an-
ticopy legislation represents a smoke
screen erected by a record business that
will clutch at just about any ex-
cuse—however feeble—to explain away
falling album sales.

Aside from the fact that | consider the
volume of album sales the record com-
panies claim to be losing through home
taping is extremely overinflated, | would
suggest that the record-buying public is
ill served by A&R staff at major labels
who show a bewildering lack of foresight
in attracting new talent. | am convinced
that stunted album sales can be at-
tributed more to lackluster product than
to consumers trading albums so that they
can make cassette copies rather than buy
them.

Sales motivation aside, however, | feel
that the way in which the anticopying
legislation has been presented bears fur-
ther examination. 1 am stunned that a
functioning notch filter capable of
transparently removing the required
200Hz window bhetween 3.7kHz and
3.9kHz has yet to be demonstrated to the
record industry. Only within the last
several days have | received details of a
digital processor which, according to
every report | hear from trusted ears
throughout the industry, produces this
deep frequency notch with no audible
side effects whatsoever.

Of course, the entire debate, at least as
far as artists, producers and engineers
are concerned, centers on the fact that
whatever the record companies plan to
do to reduce the perceived level of home
taping, the chosen technique should not

damage the product that they have

worked so long and hard in the studio to
achieve.

All the information | have seen to date
details the subjective and measured ef-
fect of analog filters that have been
designed to produce the desired notch. |
understand that even CBS Laboratories
has failed to produce a design whose ac-
tion on program material wasn't im-
mediately ohvious.

And yet the record industry expects
our legislature to pass tough measures
that will force manufacturers of R-DAT
(and other) machines to insert a scanner
that would prevent recording when it
detects the frequency notch. It remains
to be seen quite what the system’s inven-
tors plan to do about my simply adding a
minute amount of time-dependent pitch
shift to the encoded material prior to
making an R-DAT recording, and hence
fooling the detecting scanner. I'm sure
that more than one manufacturer must
be looking at providing such hardware to
the consumer market, so that we can
make personal-use archive copies of our
favorite CopyCoded vinyl albums and
CDs.

All of which is off the point, however.
What dismays me more than a little
about this entire affair is that an alarming
number of audio professionals have
become too hewitched by the fact that,
because we cannot construct an inaudi-
ble notch filter using current technology,
we should do our damnest to prevent the
introduction of CopyCode legislation. |
applaud, therefore the fact that at least
one independent company has devel-
oped an inaudible digital notch filter that
could be used to encode CD and vinyl re-
leases. Not just because this practical so-
lution represents feasible technology, but
because its very existence highlights the
lack of integrity on the part of the record
companies that wanted to introduce such
a system in the first place.

It seems to me that, given the record

industry’s desire to curb home taping,
the first thing it should have done was to
develop the necessary technology to
achieve the intended result. The system
should then have been made available
for independent evaluation by as many
industry professionals as possible. Only
when we had all agreed that—strictly as
a piece of viable technology—the system
did not produce any audible degredation
of the program material, should it have
been offered as a potential anticopy
measure.

Having established independently the
credibility of such technology, | suggest
that its proponents could then have
made a far better case for it being im-
plemented than has been seen to occur
during the past several months. How
anyone could have advocated that
legislation he passed to force the use of
technology that, at the time, didn't even
exist in physical space—and could not
therefore be shown to produce the
desired subjective results—is quite
beyond belief.

How this issue has developed has left
me more than a little puzzled. To my
knowledge, there has never been a
technology that has tried to be outlawed
before it was introduced. And now we're
being asked to consider an encoding
system whose effectiveness is uncertain
at this point.

What's worse, most of the arguments
on either side of the issue have focused
on the consumer, while ignoring the
working professional. At RE/P, we are
attempting to so something about this.

Very soon, you may get a question-
naire about the R-DAT issue. If you do
receive one, fill it out and return it to us
immediately.

We need your input. Don’t delay. DAT
is a vital issue that, whatever the out-
come, will profoundly affect how you do
your job in the coming years. REP

4 Recording Engineer/Producer
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LAGLARCET st
DROAUDIO DEALER

[>> Sales people experienced in the equipment and echniques
of audigc/video production.

[> Factory-trained service technicians who are fast,
courteous, and dependable.

[> Over 200 different brands of professional audio/video equipment.
Better selection o consoles and tape machines than anyone else
in southern Califcrnia.

L.A.’s largest pro zudio dealer is

[VERYTHING AUDI

Sales - Service * Design

ea Everything Audio
Advancing with Techpology
2721 West Burbank Bivd., Burbank, Cal fornia 91505
Phone (818) 842-4175 or {213) 276-1414 = TWX 5108017338
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John Hammond dies

Producer John Hammond. whose
musical discoveries and recordings have
had a lasting impact on American
popular music, died July 10 in New York.
He was 76.

For more than 50 vears. Hammond
was responsible for discovering some of
the most influential musicians of their
generations. including Billie Holidav.
Count Basie, Teddy Wilson. Lester
Young. Aretha Franklin, Bob Dvlan and
Bruce Springsteen.

His recording sessions were among the
first to be racially integrated: he also
organized the "From Spirituals to Swing"
concerts at Carnegie Hall in 1938 and
1939. believed to be the first concerts to
present black artists in a concert setting.

Hammond's first sessions were in 1931,
Born into a wealthy family, he subsidized
these recordings with a trust fund set up
to provide him with a vearly income.

Among the more notable studio dates
through Hammond's career were Basie's

Bessie  Smith’s  last  recordings  and
Dylan's first two albums.

Producing "involved getting the musi-
cians to play the way you wanted them
to play and insuring that the engineers
preserved the sounds faithfullv." he
wrote in his 1977 autobiography. John
Hammaond on Record. "If everyvone did
his part diligentlv vou were likely to
emerge with a nice record.”

Digital Audio Disc
Corporation presses
50-millionth CD

The first Compact Disc plant built in
the United States is now the first
American facility to reach the 50-million
mark. In honor of the manufacture of the
50 millionth disc (a CD version of Barbra
Streisand’s One Voice album), Michael P.
Schulhof, president of DADC, presented
a plaque to Akio Morita, chairman and

| co-founder of Sony Corporation, Tokyo.

According to James Frische, DADC ex-
ecutive vice president, “When we started

fewer than 100 people. Today we are
able to provide jobs to nearly 600. This
trend will continue as we build toward
our goal of 70 million CDs a year by
1988."

DADC is a wholly owned subsidiary of
Sony Corporation of America.

NED optical disk storage
and retrieval system

The new optical disk-based storage
and retrieval system for the Synclavier
Digital Audio Workstation is designed to
augment the existing hard disk or tape
storage system, allowing users to store
more than 5% hours of digital material
on each optical disk.

According to Mark Terry, NED's direc-
tor of marketing, “Sounds can be broken
down any way the user wants into music,
sound effects, dialogue, etc. As many as
1,300 15-second effects, for example, can
be stored, archived and accessed with a
single keystroke from the Synclavier
keyboard."”

first recorded sessions. blues singer | production in 1984, we were employing A software menu allows users to name
S Jd
s TECHNICAL CONSULTANTS SUBSCRIPTIONS |
Larry Blake, Film Sound 8";’:"::; tes (D tic Only) SouTo0
Bob Hodas, Evaluations and Practices e e sl O ESHEIUN V) LEEEE :
EM}INEEEH Douglas Howland. Broadcast Production Foreign 00000 00000000600000000 345.00
Paul D. Lehrman, Electronic Music Non-qualified: )
David Scheirman, Live Performance United States (DomesticOnly) . . ... $30.00
Stephen St. Croix, Technology Developments goz'.eigt: 9000 0 it e SdGOOO
ptional airmail for non-qualified readers is
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Circle (7) on Rapid Facts Cesd

™ v g )
AT Ay




Simultaneous
Editing of
Audio & Video

...wWith our New Family of Controllers
from Cipher Digital.

Making superior results easier than ever

SHADOWPAD-MINI (OffseVEntry Keyboard)
¢ Controls offset information for one SHADOW [I™ synchronizer or PHANTOM
VTR Emuiator
¢ Dispiays master, slave, user bits, time code and more

SHADOWPAD-MAXI (Edit/Controller)
¢ Allows full control of one SHADOW i synchronizer
¢ Allows independent transport control for both master and slave transports

SOFTOUCH™ (Edit/Controller)
¢ Allows independent autolocation for up to 4 transports via 3 SHADOW ||
synchronizers
¢ Offers additional *“scratch-pad” memory
* Enables single key execution of intricate or repetitive pre- and post-production
routines via 16 programmable SOFTKEYS™

SOFTOUCH-PC (Edit/Controller with PC type Intertace)

¢ Incorporates the versatility of the SOFTOUCH with the power of a PC type
computer

¢ Will interface up to 4 transports

¢ Provides EDL display and hard copy capabilities

To get your system under control, contact Cipher Digital today.
Call (800) 331-9066.

|
| R e o~ i

| ‘| D) coreraigioine
[l PO BOX 170'FREDERICK, MD 21701

(301) 695-0200 TELEX 272065
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and classify individual sounds into a
cross-referenced library. The new
system also performs global searches for
individual sound files.

CompuSonics signs OEM deal
for European markets

The company recently completed an
OEM deal with AVM Ferrograph, head-
quartered in Jarrow, Tyne & Wear,
England, whereby CompuSonics pro-
ducts will be marketed in European
countries under the Ferrograph brand
name.

According to company president
David Schwartz, AVM Ferrograph has
placed an initial order of $200,000
worth of CompuSonics equipment, which
will be distributed in England and
Europe carrying both the Ferrograph
brand name and the CompuSonics CSX
processing technology trademark. In the
second phase of the agreement, AVM
Ferrograph will manufacture Com-
puSonics products at its factory in
England.

Schwartz estimates that, by the end of
1988, sales in England and Europe will
equal U.S. sales, which presently amount
to more than $1 million.

Brooke Siren Systems
changes name

The manufacturer of crossover sys-
tems and signal processors recently
changed its name to BSS Audio Ltd., to
better reflect the company’s intended
growth and expansion within the in-
dustry.

Part of the EdgeTech Technology
Group, BSS was formed by Chas Brooke
and Stan Gould, chief operating officer of
Siren Controls. Joining forces in 1979,
the duo created Brooke Siren Systems.

AEA sets up new MIDI company

Audio Engineering Associates,
Pasadena, CA, has opened MIDI Works, a
new division that specializes in the sale
of MIDI-based audio system products.
New lines include Sequential keyboards,
including the new Studio 440 SMPTE-
based sampler/drum machine; the entire
Akai range of pro-audio keyboards, in-
cluding the MPX-80 8-channel auto-
mated MIDI mixer; the Fostex line of
synchronizer systems and MIDI auto-
locator; and various software products to
support the above.

For additional information, contact
Karl Wirz at: 818-798-9127.

Continued on page 87




QUALITY YOU CAN STAND ON

4. ET48S

AT PRICES YOU CAN AFFORD

— e e

o
— TR

ETR08 8SP (14°)

ETR-14 145P (2457)
ETR-18 185P (315")
£TR-22 225P (385")
ETR-27 275P (47.257)
ETR44 413P (74.75")

1. ET SERIES

Fully adjustable keyboard arins (see insert)
Height adjustable to 58"

Weight: 18libs.

Load capacity: 300ibs.

Colors: red, white, blue, black

Nylon carny bag included

. MX SERIES
Height adjustable
Weight: 6ibs.
Load Capacity: 80ibs.
Colors: red, white, blue, black
Nylon carry bag included

. XT SERIES
Height: 26"
Tabletop Diminsions: 36"W x 20D
Load Capacity: 180Ibs.
Casters included
Carpeted or Formica*® tabletop
*(Casters optional with Formica top)
Nylon carry bag included

4. ETR SERIES
Available in various sizes (see photo)
Optional casters
Color: black

All Tubecraft Products offer quick and easy assembly
with no tools required.
® Visit your nearest dealer or buy direct
e Send your money order or certified check. Be
sure and include complete shipping
information along with model # and color
desired
e Personal checks allow three weeks to clear
e Master Card and Visa accepted
e All orders are freight collect

96 [UBECRAFT #*

1424.26 UNCOLN AVE. * HOLBROOX, NY 11744 + (546) 567-8588

Clrcle (9) on Rapid Facts Card
August 1987 Recording Engineer/Producer 9




Letters

MIDI in the studio

From: Rick Shaw, Music and FX, Mariet-
ta, CA.

As usual, it takes me some time to find
time to read my copy of RE/P, and so |
have just got around to reading Paul
Lehrman's article on “The Celtic Macin-
tosh,” published in the March issue. I'm
no authority on Irish music, but it was an
enjoyable article. (Even if it took some
time to figure out the correct order of
pages in the mag.) | have read previous
articles that Paul has written on the topic
of MIDI and always learn a few good tips.

In the March article, | was particularly
interested in Paul’s use of Southworth
Total Music software on his Apple Mac; |
have also been using this system for
some time and thoroughly enjoy it. Total
Music has allowed me the advantage of
late-night improvisation with the ability
to clean-up a musical thought in a "post-

sonable music that | have been able to |
turn out since | started using my Mac+
and Total Music software has just about
doubled. It has also been a tremendous
time saver in the composition of back-
ground music for television production—
for me that amounts to mostly spots and
themes.

Just for your information, my system
drives the following devices: a Yamaha
DX-7, Roland JX-8P, Yamaha FB-01, En-
soniq Mirage, Sequential Circuits Drum-
tracs (I purchased it a couple of years
ago. mostly because | could use addi-
tional chips from Digidrums), Roland
Planet P, and a Yamaha REV-7 digital re-
verb whose patches can be selected from
the computer. Like Paul, I haven't used
the built-in programmer on the Drum-
tracs since | started using Total Music.

The ability to use Total Music in the
composition of music for video has been
a tremendous plus for my business.

pieces for an ad agency here in Atlanta
that was putting together a production
for Charter Lake Hospital. The spot they
were working on was about children that
had learning disabilities, and the video
was shot “point-of-view™ as if you were a
third-grader at school. The music needed
to be somewhat of a dramatic nature, but
the agency wanted three backgrounds to
choose from.

| saw the spot for the first time the
night before the production, and they
needed all three versions done by 4 p.m.
the next afternoon. It would have never
been possible for me to get three tunes
recorded and somewhat presentable in
this length of time before, especially
working with visual cues on my video-
tape reference copy that needed a little
musical sweetening.

All in all, | am very happy with the
Mac, which seems to have become one
of the most valuable pieces of equipment

SSL 4000E
24-TK. STUDER A-820
2-TK. OTARI MTR 12
UREI 813, 81l MONITORS
NEUMANN, AKG.
SENNHEISER, Etc.. MICS

production”™ sense. The amount of rea- | Recently, | was asked to write three | in my studio. REPR
. n u

COMFORTABLY

PROFESSIONAL

FUTURE JISC

SYSIEmsS

INCORPORATED

COMPLETE ANALOGUE & DIGITAL MASTERING SERVICES

FOR COMPACT DISC, RECORD & CASSETTE MANUFACTURING

3475 CAHUENGA BLVD. WEST, HOLLYWOOD. CALIFORNIA 90068

(213) 876-8733
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OUTBOARD EQUIP.
(At no extra charge)

Contact Terri
(212) 228-3063

31 BOND STREET
New York. N.Y. 10012
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he full-color sound of the ESQ-1 Digital Wave
Synthesizer makes other synths sound .. well
black and white by comparison.
After all. a broad pallette of sound is your first criter-
ion for a synthesizer. And the major international
music magazines who've reviewed the ESQ-1 seem
to agree.
The tone colors possible with 3 digital wave oscilla-
tors. 4 envelopes, 4 DCA's. 3 LFO's and 1S routable
modulation sources for cach ESQ-1 voice impressed
KEYBOARD magazine's Jim Aikin. “The ESQ's voice
offers far more than what vou'll find on a typical
synthesizer — even on some instruments costing twice
as much”
In somewhat colorful comparative terms, Peter Menga-
ziol of GUITAR WORLD wrote, “The ESQ-1's sound
combines the flexibility and analog warmth of the
Oberheim Matrix-6, the crisp ringing tones of a DX-7.
the realism of a sampler, the lushness of a Korg
DW-8000 and polytimbral capacity of the Casio CZ-17

There are hundreds of ESQ tone
colors available on cartridge.
cassette and disk. And
now, cach ESQ-1
includes an
Ensoniq Voice-80
Program Cartridge.
Added to the 40
internal programs, that's
120 great keyboard, acous-
tic, electronic, percussive
and special effect sounds
right out of the box.

e goodbye to one-color sound

MUSIC TECHNOLOGY's Paul Wiffen had a great time
mixing colors with the ESQ-1's 32 on-board wave-
forms and 3 oscillators per voice. “After a few minutes
of twiddling, vou can discover that, for example. an
analog waveform can make the piano waveform sound
more authentic, or that a sampled bass waveform can
be the basis for a great synth sound. Fascinating stuff!™
Even though its flexibility is unmatched in its class,
creating sounds on the ESQ-1 is simple and intuitive.
Mix a little blue bass with some bright red vocal and
pink noise and get a nice deep purple tone color.

But there's one color vou won't need a lot of to get
vour hands on an ESQ-1—long green. The ESQ-1
retails for just $1395US.

There are sound librarian programs for the ESQ and
most personal computers, so you can save and sort
vour creations quickly and easily. If you'd rather just
plug it in and play. there are hundreds of ESQ sounds
on ROM cartridges, cassettes and disks available from
Ensoniq and a host of others.

The casiest way to see the possibilities for voursclf is
to follow the wave to vour authorized Ensoniq dealer
for a complete full-color demonstration.

For more information and the name of vour ncarest

Ensoniq dealer call: 1-800-553-5151

ensonia

ENSONIO Corp. Dept. R, 155 Great Valley Parkway. Malvern. PA 19355 0 Canada:
6969 Trans Canada Hwy. Suite 123, St. Laurent, Que. H4T 1V8 0 ENSONIQ Europe
Bv. Domplein 1, 3512 JC Utrecht, Holland 0 Australia: Electric Factory, 188 Plenty
Rd.. Preston. Vic. 3072

e e e e e e

Al quotes used by permission. ESO-1. Oberheim Matrix-6, Korg and Casio are trademarks of ENSONIO Corp. ECC Development Corp.. Korg USA and Caslo. Inc. respectively.
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By Paul D. Lehrman

A couple of months ago, | wrote a list
for Santa telling him about some of the
new software toys I'd like to see this
year. | wrote it early, because in the mu-
sic industry Christmas comes in June at
the Chicago NAMM show. What | didn't
put on the list were my ideas for new
hardware I'd like Santa to bring me. So
here is that list, also nice and early, to
give Santa’s R&D elves plenty of time to
get their act in gear.

* A completely assignable MIDI control
panel.

There are a number of products that let
you change MIDI controller numbers and
other information in real time, so that,
for example, you can pretend your mod-
ulation wheel is a breath controller.
There are also devices that give you a
few extra sliders, or jacks for pedals, so
that you can play with controllers be-
sides the ones your keyboard already
has. These are nice, but | want more.

When Lucasfilms was getting started
with their SoundDroid, they had in the
lab a prototype of a completely “soft”
console—every button, knob, switch,
and slider on the control surface was as-
signable to any function that the system
was capable of performing. The Sound-
Droid is dead (killed by a duck according
to reliable reports), but the concept of a
soft console deserves to live.

Imagine a control surface that looks
vaguely like a mixing console, but in ad-
dition to the usual sliders and buttons,
there are a couple of ribbon controllers,
a few synth-like wheels, and a cluster of
touch pads for good measure. With the
proper hardware hooked up, you can use
it as a mixing console, a bank of equal-
izers, a patch bay, a bunch of pitchbend
controllers, a multi-parameter synth pro-
grammer, or any combination or varia-
tion thereof.

Each control sends out MIDI note, ve-
locity, or controller data, and every one
is completely mappable. Next to each
control is an LCD saying what it is, and
at what value it's set. There’s an internal
memory for several hundred configura-
tions, and they can also be transferred to
an external storage device over MIDI
system exclusive. Configurations can be
instantly and silently changed with MIDI
program changes.

The unit should be able to be manufac-
tured pretty cheaply. After all, audio per-
formance isn't an issue—there isn't any
audio! If someone wants to be fancy,
they can put little motors in the controls
that physically move them to the correct
positions whenever data is received from

a sequencer.
® A drum pad with velocity, position,
pressure and duration.

The problem with most MID!I drum
pads is that they know when and how
hard they've been hit, but that’s about it.
We're beginning to see pads that know
where they've been hit, and can use
that information to control volume,
pitch, pitchbend, filter cutoff, or
whatever. But there are still other
parameters to look at.

Drum pads normally send out a note-
on followed by a note-off after a fixed,
usually very brief, interval. Although

The idea of associating
a compression curve
with a particular
synthesizer patch sounds
very appealing.

most of the time this is appropriate, there
are occasions when a drummer does
something with a drum head after he's
hit it—like put pressure on it, or move
the stick around, or mute it with his
hand, or just hold the stick down to
change the way the drum rings. How
about MIDIl-ing these gestures, using
both duration and aftertouch? Aftertouch
could be used to add vibrato, or noise, or
even pitchbend after the stroke, while
the sound was still ringing. And for folks
(like me) who have no drum technique,
how about mapping the duration to a
repeat function, so that when you hit and
hold a note, it executes a perfect two-
stroke roll?

® Real-time MIDI equalization and com-
pression.

We're already pretty close to this on
two fronts. There is on the market a
graphic equalizer with memory that can
be addressed over MIDI, and a new ex-
pensive mixer has both parametric
equalization and rudimentary compres-
sion that are addressable by MIDI. But
I'm looking for more than that, and |
want it cheap.

Not too many digital synthesizers let
you change voice parameters smoothly
in real time, primarily because they're
dealing with discrete digital values, not
analog voltage levels. A properly de-
signed equalizer (maybe with a little bit
of hysteresis built in to keep it from
sounding digitized) could conceivably do
a much better job. There are significant
uses for real-time, automatable control
over the parmeters of a complex
equalizer with acoustic sources as well.

The same goes for compression,
although the real-time aspects of it are
probably less important. But the idea of
associating a compression curve with a
particular synthesizer patch sounds very
appealing.
® A cheap MIDI mixer.

There are MIDI-controlled fader boxes,
and there are one-rack-space 8x2 mixers
perfect for use with a rack full of synth
modules. | would like to see these prod-
ucts combined.

Give the box a bunch of internal
memory for storing level settings as pro-
gram changes, and also let each fader be
accessible in real time using controllers,
note numbers, and/or velocities. Make it
sound good, be easy to use and inexpen-
sive. Give me three of them, and | can
rule the world.
® A drum synth that isn't a drum ma-
chine.

| hate drum machines. 1 used to pro-
gram them a lot; then | got a MIDI se-
quencer, and now [ think I've completely
forgotten how. Good riddance. How can
anyone who's used a powerful sequencer
to program tracks, using a velocity-
sensitive keyboard or drum pads for in-
put, ever go back to pushing those stupid
little buttons? With megabyte computers
in every studio, the old excuse that se-
quencers don’'t have enough memory to
handle drum tracks isn't valid any more.
So why are there no drum synths on the
market that just have sounds, without all
that fancy (and expensive) programming
junk? I never use it, so why do I have to
pay for it?

Some folks use samplers for their drum
machines, but that strikes me as a waste,
both of money and of good hardware,
and it adds a completely unnecessary
level of complexity to the process. Here's
what | want: a synthesizer module that
looks like any other, except that it uses a
slew of onhoard 16-bit PCM samples as
sound sources, and lets you adjust them
for pitch, equalization, and envelope,
and then stores those settings as MIDI
notes and/or program changes.

I'll bet that with the savings on R&D,
memory and all the extra buttons and
displays that have to go into or on a con-
ventional drum machine, some company
could put out the world's most amazing
percussion synthesizer for less than
$500.

That's my list. For all | know, some
elves in places besides the North Pole are
already working on these very ideas. If
so, they can make my holiday brighter
by letting me know how they're doing.

Em
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This full 16-bit no-compromise PCM processor is only $249.
—vour absolute best buy in professional quality stereo digital
reverb. Period.

Serious professional sound engineering requires multiple
digital reverb eftects. Now vou can afford one for each main
input channel, a couple dedicated to the cue lines, definitelv a
spare tor mixdown and assemblv.

Chances are, vou have a fullvy program- reverb. Plates, rooms, chambers, halls, spe-
mable expensive digital processor. We think cial eftects like gated and reverse reverb.
that’s great. But we know the high cost of 16 programs, 10kHz bandwidth. All super
such processors usually won't permit hav- quietand in full stereo. A breeze to use,
ing as many as vou d like to satisfy vour and, mostimportant, usecible.
demands for more extensivelv processed It vou havent heard the Alesis Microverb
sound...and to maximize vour com- vetl, doittodav. Microverb is fast becoming
petitive edge. MICROVERB captures the the utility reverb standard in equipment
sound vou're used to. Dense, rich, dvinamic racks everywhere.

79V I3 15T

Suggested retail price for three MICROVERRBS arid the Micro kack Adapter.
To bear this startling breaktbrongh in technology, contact your Alesss dedler,

I} o 4 ) . e
1102V VeSS V'O Cearl DI chase one ot ct e
(LA <, ¢ il

STUDIO ELECTRONICS

Rugged extruded aluminum case with
interlocking construction.
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Sound on the Road

By David Scheirman

For touring entertainment groups, the
process of building an international audi-
ence, and then catering to it for a period
of years, can be a long and difficult one.
The right album at the right time, care-
fully calculated media appearances or
just plain luck—all these factors work to-
gether to help create touring organiza-
tions that control every detail of a live
show, from accounting to trucking.

As a touring organization matures and
attempts to make sure that live perform-
ances will be consistent, one sure sign
that the artist has arrived is a portable
custom stage set.

Whether it is Bruce Springsteen or Bar-
ry Manilow, major touring artists go for
performance comfort and a crowd-pleas-
ing concert appearance by committing to
the design and construction of portable,
modular stages that are trucked to each
venue and set up on a daily basis. While
most auditoriums and arenas are equipped
with in-house risers and staging that can
be configured in several different ways,
the more complex shows on the road
prefer the streamlined and personalized
custom stages.

Such stages can take months to build
and are a significant expense. Only re-
cently have staging designers realized
that the entire touring package works
much more smoothly when sound sys-
tem requirements for a particular tour
are taken into account before the stage
set ever leaves the drawing board.

“It was very frustrating to try and cram
all of the monitors on stage into tight lit-
tle spots in the set at the last minute,” re-
lated a touring sound technician who
was recently faced with the need to inte-
grate all of his mics, stands, cables and
stage monitors into a hastily constructed
custom touring stage within a week prior
to hitting the road. Advance coordina-
tion between the stage designer, builders
and the sound crew is beneficial to all
concerned.

The most complex and innovative cus-
tom touring stages can be very costly. Al-
though designing provisions in advance
for the stage to contain hidden monitor
speakers and cable harnesses does not
add a significant amount to the overall
package cost, it can mean the difference
between a slick production and a big
headache for the technical crew. Basic,
modular arena stages that are designed
for a particular artist's show regularly

bms president of Concert Sounm
sultants, Julian, CA, and RE/P's {ive-performance con-
sulting editor.

make it to the loading dock for several
hundred thousand dollars; more exten-
sive stages with sets designed around a
particular theme and involving hydraulic
lifts and other custom machinery cost
several times that.

As stage design for outdoor and arena
touring becomes a more widely devel-
oped art, greater attention is being paid
to the needs of sound system and stage
technicians. Integrating the various
sound, lighting and band-gear produc-
tion needs into the original design con-

As stage design becomes
a more widely developed
art, greater attention is
being paid to the needs
of sound system and
stage technicians.

cept leads to a cleaner look, saving costly
setup and teardown time.

One major manufacturer of custom
microphone cables and wiring harnesses
has become known for working closely
with stage designers to streamline the
entire cable hookup system. This ap-
proach worked so well for Journey that
the new stage for David Bowie's Glass
Spider tour has been fitted with audio-
phile cables, fabricated and installed by
the cable manufacturer.

Such costly and well-detailed custom
touring stages are far beyond the reach
of most touring organizations. It usually
takes outside financial assistance to work
up to one year ahead of time on the de-
sign and marketing concepts for a speci-
fic tour and its production needs. For ex-
ample, a soft drink manufacturer is un-
derwriting $7 million for the Bowie tour.
Much of these funds went into the devel-
opment of custom staging.

To be able to provide a significant ad-
vance technical input for a touring stage
design, concert sound companies must
be locked in to the project many months
prior to the first show. Due to contract in-
decisions and competitive bidding, this is
often not possible. When an artist does
have a solid, long-term commitment to a
touring sound company (such as Bruce
Springsteen and Clair Bros., Barry Mani-
low and A-1 Audio, or Huey Lewis and
the News with Sound On Stage), the en-
tire production will flow much more
smoothly. Stage monitor type and place-
ment, deck PA stacking concepts and
monitor mix positions can be planned
well in advance.

Will the monitor-mix position be hid-
den, or in full public view? Will there be
more than one? How much physical
space is required for monitor system
amplifier and processing racks? Can the
power distribution system be of the
quick-disconnect type that is easily inte-
grated into the staging frames?

Are sidefills monitors required, and
should they be stacked at stage level or
flown overhead? Where on the stage
deck are microphone input boxes re-
quired, and what type of floor slants will
be used? In what positions?

These and many other questions often
do not occur to anyone but the sound
company involved with an upcoming
tour. If such questions are asked in ad-
vance, and the answers diligently pur-
sued prior to production rehearsals, the
resulting concert effort will be signifi-
cantly improved.

The decision of whether or not to de-
sign and fabricate custom sound equip-
ment (whether monitor cabinets or wir-
ing harnesses) to fit into a certain stage
design concept has definite financial con-
siderations for sound companies. If an
artist wants floor monitors painted pink,
or microphone cables that are gray, or a
complex area-zoned, distributed sidefill
wash loudspeaker configuration, will
that particular project actually pay for
the customer alteration of existing equip-
ment? If new gear is purchased, will it be
of the type that is useful to the sound
company once that particular tour is
over? Most companies find that the extra
effort to please a long-term client is
worth it.

Ultimately, the collaboration between
custom stage designers and builders and
concert sound companies leads to some
innovative technical “fixes.” Stage mon-
itors that house low-frequency compo-
nents beneath gridwork, and only HF
components above stage level, or mon-
itor-mix positions that are built right into
rigid structures such as air cargo contain-
ers, can shave precious hours off the
overall setup time required to get a ma-
jor arena show out of the trucks and on
the air.

When concert sound companies begin
to collaborate with stage fabricators that
are located in the same building complex
or in adjacent neighborhoods, their
working together on complex touring
projects can create an atmosphere of co-
operation and a synthesis of creative
energy that can ultimately advance the
state of the touring entertainment arts.
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A New Standard

of Excellence

in Professional Pro-
duction Recorders.
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Loaded with all of the features
demanded in a modern profes-
sional audio production recorder,
the M-20 series is microproces-
sor based, features full 4 speed
operation, digitally controlled
storage of all audio alignment
parameters for 3 tape formula-
tions at each speed and equaliza-
tion standard, a comprehensive
6 position locator, synchronous
reproduce, and independent track
function selection.

As a stereo or 2-track audio
recorder, the M-20 provides ease
of operation, rapid and efficient
tape handling, a complete exter-
nal control port (rs-232 optional)
interfacing to a wide range

of synchronization and editing
systems, as well as the reliability
that AEG has become known for.
As a center track timecode
recorder the M-20-TC additionally
incorporates a dedicated 3 head
timecode system, ensuring data
to audio coincidence and permit-
ting line level code handling.

A totally self-contained unit, but
available with a variety of options
and accessories, for standard
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19” equipment rack mounting or
with variable height stand, the
M-20 represents the latest tech-
nology from AEG, the inventor
of the magnetic tape recorder,
now in our 51st year of providing
quality professional products for
broadcast and studio recording.

AEG Corporation

2605 Elm Hill Pike Suite C
Nashville, TN 37214

Tel.: (615) 883-0491

TX: 910 2401508 AEG AUDIO US
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Film Sound Today

By Larry Blake

As noted in my last two columns, only
in the past decade has the process of se-
curing high-quality sound effects record-
ings become SOP in the film industry.
We have all learned a great deal about
the requirements of effects recording:
microphone and pre-amp selection, ster-
eo techniques, editorial considerations,
etc. (The early parts of our effects librar-
ies are proof of how far we've come.) In
addition, most of us record on Y-inch
tape, and we have more worn and noisy
effects than we'd like to admit.

What we have here then is a group of
people thinking the same thing: | want a
library the size of my current one, but |
want it digital. Well-recorded, no hiss, no
wear: permanent.

What's stopping everyone, of course, is
that such an effort is very expensive.
(The other hurdle—a sensible field digital
recording and editing medium—will be
solved, | hope, with the introduction of
R-DAT)

The cost of building a 10,000-effect,
200-hour sound library from scratch (in-
cluding a team of two recordists and two
librarians) would be approximately
$200,000, excluding expenses, comput-
ers, tape and equipment. It would also
take at least a year.

A possible answer lies in a not-for-prof-
it cooperative of studios, production
companies, post-production facilities and
sound editorial houses splitting the costs
under the umbrella of a non-profit organ-
ization. This way almost everyone wins:
We'd all have, in a short period of time, a
sound effects library that would be
beyond the means of any one company
and would provide all of us with a foun-
dation for the future. (No presumption is
made that anyone will or should throw
away old effects, nor that they will not
record their own effects for in-house use
only.)

The most pressing raison d'etre for
such a sound library would be that it
could document, in an orderly and quali-
ty fashion, the sounds of this planet.
Every day something happens or disap-
pears that cannot be recreated: What did
the San Francisco streetcars sound like
before they were remodeled? What
sound was made when placing a long-dis-
tance call in 1930? 1950? How has the
sound of Times Square on New Year's
Eve, the floor of the New York Stock Ex-
change, Mardi Gras, etc., changed over

Larry Blake is RE/P's film-sound consulting editor.

the years? Restaurant walla, sports
events...the list is huge and obvious.

Everything points to the fact that we
should take nothing for granted, and to-
day's sounds must be documented lest to-
morrow's archives be incomplete. Of
course, we should also place priority in
obtaining best-generation recordings of
the sounds of our past.

Therefore, it's almost mandatory that
such a project be done worldwide. Hav-
ing branches in the major cities of the
world will not only improve the quality
of the library (no one knows the sounds

We’d all have, in a
short space of time,
a sound effects library
beyond the means of
any one company.

of a city better than a native), but it will
also reduce the costs tremendously. Not
to mention that such a project will bring
together film sound communities world-
wide, while providing everyone with ac-
cess to fresh recordings of previously
hard-to-get sounds.

It is hoped that having a single, unified
front for sound effects personnel of the
world will allow one-time access to usual-
ly restricted areas. | volunteer to do a
complete series at the White House, in-
cluding the presidential limo (fast pass-
bys, with and without Secret Service
men riding on the back) and Air Force
One (which is soon to be replaced by a
hot-rodded 747—see what | mean?).

What follows is the procedure | envi-
sion. The obvious candidates for branch
offices are Los Angeles, New York, Lon-
don, Paris, Stockholm, Moscow, Beijing,
Tokyo, Toronto ard Sydney. Each
branch would be required to record, edit
and cross-reference so many hours of
sound each month. The original field
tapes would be logged according to the
recordist.

If this tape contained diesel train pass-
bys, it would be added to the end of the
“Trains—Diesel” edit master tapes for
the New York branch. All pertinent in-
formation would be entered into the
computer database, identical in field
structure and lexicon in all branches.
English would be used everywhere to
avoid translation problems.

Updates of all edit master R-DAT cas-
settes that have been added to during
each month are mailed to all other

branches, which in turn, are responsible
for local distribution to all “'subscribing”
companies. Updating is facilitated by
each company owning two copies of all
edit master cassettes: an in-house master
for daily use and one that is stored at the
local branch.

For example: the Los Angeles branch
receives an update of New York's
“Trains—Diesel” tape, which adds 10
minutes to the hour-long, in-house copy
that the Los Angeles companies are cur-
rently using. A computer disk containing
the revised New York database is also
sent. Members also have “Trains—Diesel”
tapes from all branches worldwide.

The Los Angeles branch will then copy
the new material onto the end of the
New York “Trains—Diesel” tapes that it
holds in its vaults. Once the signatory
companies receive their updates, they
send their now outdated tapes back to
the local branch.

The bulk of the tapes distributed by
each branch would be recorded by peo-
ple hired by the branch, and paid by the
subscription fees. Signatory companies
would not be required to share effects
that they record on their own, although
there would probably have to be a
“brownie point” system to provide an in-
centive for companies to share and share
alike.

Not only has R-DAT made this project
a technical reality and practicality (high-
quality, small and inexpensive storage
costs, no-loss copying), but the era of per-
sonal computers will allow all companies
to share not only the sounds but also the
all-important data.

Smaller companies that perhaps can-
not afford to subscribe can also have ac-
cess to the sounds in the library by using
a modem to search the current database,
and then paying the local branch a fee
for a copy of each effect used. (Or, a CD-
ROM of the database could be updated
annually.) This would be a one-payment
buyout, in acknowledgement of the diffi-
culty of policing each usage. (Could you
imagine an ASCAP or BMI for sound ef-
fects?)

At first glance, this might seem like a
pretty idealistic, pie-in-the-sky idea. In
some respects perhaps it is, but [ can't
think of a more practical and inexpen-
sive way for each of us to have acces to a
comprehensive data bank of the sounds
of Earth. If you would like to participate
in such a project, please write to me di-
rectly at P.O. Box 288, Hollywood, CA
90078.
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Producers and engineers are calling it a
dream machine.

We call it the DMP7 Digital Mixing Pro-
cessor. Its a new kind of creative tool and there’s
never been anything like it.

For the first time, you can command true
digital mixing and dramatic digital effects. And
have them programmed into memory for
instant, flawless recall.

All from one incredible, affordable, simple-
to-use 8x2 console.

All MIDI-controllable. Remote-controllable.

And syncable via MIDI to SMPTE.

It makes unforgettable music.

The DMP7 takes a “snapshot” of all of your
settings. Instead of developing writer’s cramp
after each session, you can digitally store your
production notes into memory. Up to 97 snap-
shots (with RAM4 cartridge), each consisting of
more than 200 parameters, from fader positions
to effect settings to 3-band parametric EQ settings.

Then recall them instantly at the touch
of a key, or with an external MIDI controller
or sequencer.

Yamaha introduces it
event programmer;, a
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Here’s the setup.

The simplicity of
the diagram below belies
the many capabilities of
the DMP7 at work in an
automated multi-track
mixdown/processing
system.

Dry tracks from
the multi-track recorder
are fed into the DMP7.

A SMPTE track is fed
into the SMPTE/MIDI
converter. The MIDI tim-

ing track controls the MIDI sequencer/recorder.
The MIDI control information for the
DMP7 can now be recorded in sync with the
music. The DMP7 then automatically mixes
everything down into a two-track master or
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demo. Until now, this
level of mixed automa-
tion was only possible
with more expensive
consoles.

The DMP7 doesnt
just do the final mixing,
but the final processing
as well, to each indi-
vidual track. With
reverbs, flanging, delay,
and stereo panning. Or
whatever sweetening you

need. And again, in sync with the music.

What's more, if you have more than eight
tracks, you can cascade in the digital domain
to another DMP?7 for 16 tracks. Or another for
24. And yet another for 32 tracks.
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DMP?7 Digital Mixing Processor

MIDI Sequencer/Recorder

€ YAMAHA

Engineering Imagination™

Yamaha Music Corporation, Professional Audio Division, P.O. Box 6600, Buena Park, CA 90622.
In Canada, Yamaha Canada Music Ltd., 135 Milner Avenue, Scarborough, Ontario M1S 3R1.
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L

iving with Technology

By Stephen St. Croix

| write this month’s column on a new
hyper-powerful, full-screen, triple-drive,
high-speed laptop computer: Living with
Technology, | guess. | also feel that it's
important to point out that I write this
month’s column as [ sit on the ground in
a 767 in a holding area off in the back 40
of Boon County Airport. Kentucky, for a
surprise 3-hour wait (this does not count
the previous 2-hour wait at the gate) due
to an “ATC request for some unknown
reason.”

1 live in Baltimore and am traveling to
Los Angeles, so Boon County is not
where | had planned to be tonight: Liv-
ing with Technology, | guess. I could
have caught the evening flight that de-
parts Baltimore five hours after 1 left; it
will probably arrive in LA slightly before
I do. Technology is tricky stuff these
days.

1 could have spent those extra five
hours out at the pool. | guess | actually
would have spent the time fixing the
three synthesizers that failed last week
(repairing technology).

(As an interesting side note, on the re-
turn flight 10 days later, we sat on the
ground for another nice wait because
“the computer that takes care of weights
and balances was down.” The pilot had
to make this announcement twice, by the
way, because “the computer that takes
care of announcements went down” in
the middle of the first announcement.
Really. I am not making this up.)

We use so much technology today that
we are often immersed in 20 or more
basic technologies at the same time.
Many of these technologies were revolu-
tionary when first introduced. Several
were amazing a few very short years
ago, yet we cannot imagine doing our
jobs without them now.

There really is a danger in all this, al-
though it is unavoidable for those of us
who feel the need to compete: Loss of
Touch. [ used to find myself occasionally
zooming through life on or with a chunk
of technology, only to realize that | had
no real idea of how | got to this point.

Let me attempt to clarify using a rather
extreme example (one of my favorite
things to do): Suppose they gave a war
and everybody came. One big nuclear-
generated electromagnetic pulse and
technology as you know it would instant-
ly cease to exist. Let's say that they didn't

Stephen St. Croix. RE/P's technology developments
consulting editor, is president of Lightning Studios
and Marshall Electronic, Baltimore.

even give a war, just a few of these
EMPs, carefully placed.

Again, all technology that you live
with today and every day is gone. You,
the land and the buildings would be
there, but there would be zero electricity
(not that it would matter; every electrical
device would be smoke city). No auto-
mated 48-channel, SMPTE-locked, MIDI-
chased, hands-off mixes. No tapes at all,
no disks; no work.

Could you survive? Statistically, no.
You would die because you had lost all

We use so much technology
today that we are often
immersed in 20 or more

basic technologies at
the same time.

touch with the foundation, with how the
world really works; you would find your-
self Living without Technology. (Actual-
ly, this scenario doesn’t even take into
account no phone, radio, cars, planes or
lights. No pumps to get water out of
wells; no way to ship food.)

OK, I'll back off to a somewhat less se-
vere scenario, and offer a more directly
applicable example. Sometimes it seems
to me that people forget what they are
really working with, and sometimes
what they are working for. I have heard
a few too many tunes that sound like
they exist solely because of and for tech-
nology. It seems that somehwere deci-
sions were made for the use of some par-
ticular piece of monster gear, at the ex-
pense of the music itself.

| have also seen with my own eyes one
situation in a well-known studio that
brought this point home for me. At the
audio “witching hour”—that magic time
of day, on that magic day of the week,
once every week, when you hope noth-
ing breaks because you won't be able to
get it fixed or replaced in time to finish
the session—a sequencer loaded with a
very impressive lead went to Mars, and
took the lead along for the ride.

The artist, well-known that he is, be-
came white and weak, sat down and
hoped that the night tech on duty could
resurrect both the machine and the mu-
sic. It did not happen to turn out that way
(which is the other part of the magic of
the witching hour).

Faced with the concept of having to ac-

tually play the lead over again, live and
in real-time direct to rolling tape, he lost
it all, consumed the remainder of his rec-
reational pharmaceuticals and actually
cancelled the session.

We are not talking stage fright here, or
even the newer phenomenon of “tape
fright.”” I'm talking about the inability to
function without technology. With the
help of technology that this player had
begun to take for granted as part of the
process, he had been playing beyond his
real capabilities for over a year. He had
been using the sequencer as a safety buf-
fer; to edit and repair sloppy playing (sort
of like how | am using the word proces-
sor as | write this column).

| realized then that every time [ sit
down at a synthesizer keyboard, even in
the privacy of my own studio, | make a
decision about whether or not I can play
this part directly to tape, or if I should re-
cord it into a sequencer first so that I can
“fix it in the bits.”

If you accept my premise that we
sometimes use technology to produce a
product that is dependent on that very
technology—that is, the product would
not exist without the technology, as op-
posed to merely being helped or pro-
duced faster because of the technology—
then you can see that in some composi-
tional situations, the creation process for
music may not simply be aided, but in
fact totally changed.

If this change is fully understood by the
artist, and he remains in control at all
times, that's great—we all get to hear the
work weeks sooner.

If, on the other hand, the change is
part of the work and the artist is not
aware of this, then the piece has been
modified to fit the constraints of, let's
say, a software sequencing package. This
can be a tragedy.

While it can be argued that the crea-
tion of music for all time has been subject
to the constraints of actual musical in-
struments, a few rational humans would
take the stand that a sequencer qualifies
as such.

This is what I am pontificating about:
the difference in using high-technology
tools to help us in the creation of music,
and the tools using us. As we become
more dependent on these tools we may
lose sight of the very musical idea that
made us sit down at the computer in the
first place.

Oh, did | tell you that the music that
they played for us while we sat on the

runway was sequenced?
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SPARS On-Line

By Gary Helmers

The state and health of educational op-
portunities for careers in entertainment
audio have never been better. More pro-
grams than ever are now available from
public and private institutions, and more
are starting up each academic year. The
Audio Engineering Soceity and various
trade publications list directories of
schools offering everything from short
workshops and courses, to bachelor and
masters degrees with emphasis in sound
recording and music technology.

Ever since the first 4-year degree pro-
gram in the United States was started by
Billy Porter (now at CU-Denver), educat-
ors have used a modification of the Euro-
pean “tonmeister” program to wed mu-
sic and technology studies into college
degrees or certificate programs.

When Geoffrey Wilson edited the first
AES Directory of Educational Programs
in 1979, there were about 24 baccalaure-
ate degrees in audio-related studies, and
about 10 in music business studies world-
wide. The 1984 AES Directory lists more
than 40 technology programs, and an-
other 40 business programs.

The majority of these are in music
schools of public and private institutions
or in trade schools. As the number of
new programs increase, there is more
growth shown among the private univer-
sities and colleges compared to public
tax-assisted schools.

When course content of the 1979 pro-
gram is compared to the content of 1984,
an expansion of video, maintenance and
computer applications become obvious.
The study is becoming multidisciplinary
in nature, and schools that adapt to
changes in the industry with qualified in-
structors and with proper equipment
continue to grow.

New course titles in the study program
reflect the growing complexity of the au-
dio field, including such courses as video
production, recording studio calibration
and maintenance, music and the person-
al computer, MIDI and others.

Very few 4-year engineering programs
have taken up the challenge of audio ed-
ucation. The majority of the training pro-
grams are located in “Mass Communica-
tions,"—as at Middle Tennessee State
University—or in schools of music, such
as Berklee, SUNY-Fredonia, University
of Miami, Lowell and CU-Denver.

The equipment needed to support

Gary Helmers is executive director of the Society of
Professional Audlo Recording Studios.

these new courses is complex, expensive
and sometimes hard to come by. Where
a school offering audio courses used to
get by with technical support common to
a radio-production facility, it now has to
equip on a scale equal to the best record
and video sweetening studios.
Multitrack analog and digital control
rooms, analog and digital synthesis stu-
dios and video sweetening studios are re-
quired to provide instruction and hands-
on laboratory experiences. It has be-
come increasingly difficult for a school to
catch up—let alone keep up—with the

In a young discipline
feeding a young industry,
audio education in this
country has gone through
some growing pains.

growing complexity of the equipment
that is common to the average audio
studio.

Finding and keeping qualified instruc-
tors for this curriculum has presented a
new set of challenges to program direc-
tors. Professional experience, academic
qualification and salary are constant
competitors when gathering a faculty.
The trend is to rely more than ever on
part-time staff, where available. This so-
lution offers the advantage of greater
flexibility in pay and scheduling, and
brings active professionals into the class-
room, but leaves these teachers out of
planning, advising and budgeting.

Typical programs now have found a
mixture of full- and part-time instructors
necessary to balance this need for in-
structional staff. The key resident faculty
are still faced with promotion and tenure
issues that vary in complexity, but the
surviving programs have found ways to
ensure that these important specialists
are appropriately recognized in the aca-
demic community.

To attract a new generation of stu-
dents, many music departments in public
and private schools have added courses
in audio. While many of these institu-
tions do not grant a degree major in au-
dio, they provide a good introduction to
the technical complexity of the art, and
interested students can then proceed to
one of the major programs for later ca-
reer training in audio.

Those schools that have not mounted
major audio programs are also finding it

difficult to provide equipment for instruc-
tion and labs. There seems to be a mini-
mum level of program commitment to
gain critical mass in equipment and
faculty.

The AES has provided a forum for edu-
cators to meet and compare progress in
educational issues. However, there has
not been any organized effort to stan-
dardize curriculum or faculty prepara-
tion during the infancy of this teaching
field.

When SPARS wrote its National Studio
Exam, it placed an understandable em-
phasis on engineering and maintenance
items. Most students in music schools
found themselves weak in technical
training when they took this exam.

The SPARS Internship Program has al-
so become an important link from the
classroom to entry-level jobs. Because
some major employers, as recent as five
years ago, were not interested in college
graduates, the SPARS program has
helped create new access to internships
from the quality 4-year schools.

In addition, the growth of MIDI studios
has provided professional quality, pre-
production capability to more musicians
than ever; such changes will also need to
be reflected in the curriculum of 4-year
programs.

An increase of industrial participation
in the educational process seems logical.
The high cost and quick turnover of pro-
audio technology makes it appropriate
that manufacturers work closely with
quality programs. Long-term loans,
grants and gifts will be necessary to as-
sure state-of-the-art facilities for training.

In a young discipline feeding a young
industry, audio education has gone
through some growing pains; there still
exists plenty of room for improvement
and continued growth. A healthy atti-
tude of cooperation exists between com-
peting academic programs, and genuine
help is available from the industry.

I would like to thank Roy Pritts, acting
resident dean of the College of Music,
University of Colorado at Denver, for his
invaluable assistance in the preparation
of this article.

(Postscript: Due to an oversight, | forgot
to thank Dave Porter, owner of Music
Annex Studios, Menlo Park, CA, for his
essential input in the May On-Line col-
umn dealing with studio construction. He
just completed a new facility in San Fran-
cisco, and generously shared his re-
search and experience.)
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The Finest Piece of Quiiet

telcom c4

The widest dynamic range
of any noise reduction system.

That is the powerful
performance claim made by
telcom c4. c4 offers up to 118 dB
dynamic range, and so exceeds
the limits of a 16 bit digital
recording system.

But that's not all. Ina
straightforward A/B
comparison, telcom c4 has
been acclaimed as the most
natural-sounding noise
reduction system, even when
compared with its most recent
competitors.

Over the past 10 years, telcom
c4 has been continuously
developed and improved.
There are now well over 14000
channels in use Worldwide.
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Here are just a few of c4's
powerful advantages:

¢ High gain in dynamic range
(up to 40 dB)
® No level alignment necessary

¢ No dynamic faults (overshoots,
pre or post-echo, ‘breathing’)

» Compatible with any analogue
or digital recorder

e Proven reliability

So if you're serious about noise
reduction, then isn't it time ycu
knew more, and heard less?

telcom c4

Silence
by design

Telecommunications
ANT TELECOMMUNICATIONS / 205 Perry Parkway / Gaithersburg, MD 20877 USA  (301) 670-9777

Circle (18) on Rapid Facts Card
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The series of microphone evaluations
appearing in RE/P during the past three
years began as a demonstration for my
recording students. Not content with
classroom discussions of the audible
properties of our own collection of
microphones, | decided to make
multichanne| recordings with them and
with others on loan, all in stereo, from
which A-B comparisons could be made.

The recording students, as well as

Lowell Cross is professor of music and director of
recording studios at the University of lowa, lowa City,
1A, and a regular contributor to RE/P

By Lowell Cross

members of our faculty and staff, have
heard and learned to appreciate the sub-
tle (and sometimes not so subtle) qualities
of more than 40 studio models via the
24-track recording medium.

However, in agreeing to publish the
results of our evaluations, | have come
full circle, and then some: | am still at-
tempting to describe the “sound” of pro-
fessional microphones, but now in
print—and to a much larger and more di-
versified audience than the students in a
recording class.

Inevitably, the person who learned the

Stereo Microphone
Evaluations:

An Overview of Techniques and Subjective Assessments

From the results of four previous evaluation sessions at The University of lowa,
what can we learn about stereo techniques and the perception of
qualitative differences between professional microphones?

most from this process was the one who
initiated it. It was a rare personal privi-
lege to be able to make stereo recordings
with the industry's most revered micro-
phones, and to become acquainted or re-
acquainted with them first-hand. The
masters from these sessions have been
retained in our tape archive; they are ex-
ceptionally valuable resources for our
audio recording courses. (With a little ad-
vance notice, RE/P readers traveling
through the Midwest could obtain a cor-
dial invitation to visit our studios in lowa
City for an audition session of A-B micro-
phone comparisons.)

Foremost among my own learning ex-
periences from these experimental ses-
sions has been the discovery of the world
of ambisonics. My impressions of the
Soundfield system loaned for evaluation
in May 1984 were so positive that | put
one at the very top of our equipment
“wish list." Eventually, we were able to
place an order and the new microphone
arrived in late May 1986, during the
writing of this article.

Patch-panel rewiring and installation of
the system in our main control room is
now complete. That control room is
equipped with four reference loud-
speaker systems for monitoring horizon-
tal sound fields. The construction of an
8-loudspeaker “full-sphere” or “peri-
phonic” monitoring array and support-
ing electronics is planned for the very
near future, allowing true 3-dimensional
reproduction—including height informa-
tion.

I cannot conceal my enthusiasm for
the ambisonic technique, not just
because of its advanced or exotic appli-
cations, but because it reveals so much to
us about 2-channel stereo.

Our initial exposure to ambisonics in
1984 prompted another comparison
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beyond that of evaluating individual
microphones: an examination of various
stereo techniques. Just as all engineers
have their own favorite microphones,
each of us usually maintains a strong
preference for one of the ways of record-
ing in stereo. Advocates of the spaced-
omni technique, for example, shun those
engineers who favor coincident
placements, and vice-versa.

| admit that my own biases about
2-channel stereo recording were quite
well developed before having the oppor-
tunity to make direct comparisons.
However, | gained a healthy respect for
two methods that | had not tried before:
ambisonics, and the artificial-head tech-
nique, that uses equalized pressure trans-
ducers for “ears.”

Yet another learning situation pre-
sented by our evaluations concerns the
matter of microphone *“coloration.”
While | would agree that the pursuit of
absolute accuracy in audio recording
should remain a cherished ideal, | also
believe that our field is enough of an
“art” that there always will be strong
motivations—and quite justifiable ones—
for engineers to devise techniques for
embellishment and heightened illusion.
The forms of enhancement obtainable
from certain microphones that we evalu-
ated, including some of the older large-
diaphragm models, were to my ears plea-
sant and ingratiating. The special attrac-
tions of these vintage units, for which no
one would dare to make claims of great
accuracy, have caused them to become
collector’s items.

Our subjective approach has been a
major factor in all of these articles.
Readers of the previous four reports,
published in the April 1984, December
1984, February 1985 and December
1985 issues, will recall that the averaged
responses received from our groups of
listeners provided one method for “rank-
ing” the review microphones. The indivi-
duals who participated in our playback
sessions were members of my recording
classes, other students in the School of
Music, and faculty and staff colleagues.
All participants have received some form
of ear training, either in an audio or a
musical sense.

But, as the author/perpetrator of this
exercise, | have given the most emphasis
to my own impressions. Except for in-
stances in which stereo technique played
a role in determining the perceptions of
individual microphone qualities, as in the
case of widely spaced omnidirectional or
PZM units, the averaged ratings of our
listening groups have been generally
consistent with my own conclusions.

The central issue in these evaluations
has been the perception of qualitative
differences among professional micro-

phones, as heard under actual studio
conditions. Accordingly, specific makes
and model numbers have received close
scrutiny. In the long run, most of our
findings have been reassuring rather
than surprising. Those brands which con-
sistently have received favorable ratings
in our listening tests were already well
known and highly regarded throughout
the audio community. One measure of
the present health of this profession is
the fact that so many brands of fine
microphones are now available
worldwide.

So this is the overview that | wish to
present here: a look at what has been ex-
perienced, learned anew, and recon-
firmed during an extended period of liv-
ing with many different brands and
models of high-quality microphones. The
topics to be addressed are ambisonics
and stereo, colorations and accuracy,
and subjective choices and preferences.
All of these elements contribute to the
very basic question, “How does one
choose a microphone?” Which, of
course, has no single answer.

Ambisonics and stereo

For the last 15 years, | have ex-
perimented with discrete 4-channel
quadraphonic recording techniques. It
became increasingly clear to me that
these recordings, mostly involving front
and rear pairs of microphones, did not
measure up to expectations. They were
characterized by an obvious time delay
between front and rear, producing un-
natural spatial effects that would never
be heard in a concert hall.

I realize now that my basic premise in
making them was just plain wrong—I
was following the popular misconception
that surround-sound reproduction over
four spaced loudspeakers requires a re-
cording from four spaced microphones,
or some similar arrangement. This incor-
rect premise is dying a natural death, just
as “quad” records already have.

Basic mathematical and acoustical
research into the complex phenomena of
multidimensional hearing—carried out
notably in England, where Alan Dower
Blumlein conducted his pathfinding
stereophonic investigations in the Thir-
ties—has led to ambisonics, an elegant
solution to the problems of 2- and
3-dimensional sound recording and
reproduction. Credit for this work goes
to Michael Gerzon and Peter Fellgett.
whose research has been supported
since the Seventies by the National Re-
search Development Corporation in the
United Kingdom, and to earlier in-
vestigators such as the Japanese acousti-
cian Y. Makita, Peter Scheiber (United
States), and the team of Duane Cooper
and Takeo Shiga (United States/Japan).!

The tangible realization of ambisonic
recording is here today in the form of a
well-known, but expensive and complex,
microphone. Engineers who have used it
and who have studied its properties are
aware of the truly comprehensive range
of possibilities that it offers.?

Ambisonic techniques have motivated
us to re-evaluate what is meant by the
expression “‘stereophonic sound.” If it
were not for the fact that 2-loudspeaker
reproduction became known as “'stereo”
before the advent of ambisonics, then
the latter could have assumed that name.
(Our present-day descriptor, stereo,
comes from the Greek word stereos,
meaning solid, i.e., 3-dimensional.) Am-
bisonics is not extended stereo; the
various coincident-stereo techniques are
subsets of ambisonic technology.

Stereo, of course, means many things
to many people, ranging from “some-
thing that comes over two loudspeakers
or a Walkman,” to the panpot tech
niques of multichannel recording (an ex-
ample of “intensity stereo”) to the in-
tended results from specific microphone
choices and procedures. The last in
cludes the various classic techniques:
spaced omnis, near-coincident place-
ments (ORTF, NOS), and the coincident
methods (which are also forms of “inten-
sity stereo,” including MS, cardioid XY
and Blumlein).

Even the very “best” stereo techniques
can only approximate a reconstruction
of the original sound event, by creating
an illusion that the event is taking place
between and behind the loudspeakers
(not in 3-dimensional or even 2-dimen-
sional space; both possibilities are in-
cluded within the ambisonic concept).

In his excellent paper, “Stereo Micro-
phone Techniques: Are the Purists
Wrong?,” Stanley P. Lipshitz never quite
arrives at a definition of “stereo” in une-
quivocal terms, but he does shed light on
the matter, by stating the following:

“I believe that the best that stereo can
do is to provide a credible illusion that
between and beyond the pair of loud-
speakers there exists another acoustic
environment within which the musi-
cians are located and performing. I am
considering only musical events which
have a genuine acoustic origin within
an acoustic setting, a situation which
pertains to all classical musical per-
formances and a great many others be-
sides. I accept that not all music origi-
nates under such conditions.™

Later in the article, Professor Lipshitz
reaffirms the premise that ambisonics is
the only available technique that can ac-
curately reconstruct an acoustical event
in a listening environment different from
the original one. The following state-
ments are extracted from the section of
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his paper entitled “What's wrong with
stereo?"":

"..stereo setups usually use a sub-
tended angle [between the loudspeakers,
at the listening position] of less than
90°—60° is more common, leading to a
summing error of just over 1dB.

“This error can be eliminated if one
has loudspeakers surrounding the lis-
tener, and is correctly handled in the
ambisonic surround-sound system. Since
in this system...both pressure (W) and
velocity (X, Y, Z) signals are inde-
pendently available, suitable loud-
speaker feeds are synthesized so that
the correct pressure-velocity relation-
ship is regained at the listener’s head.
This requires the sympathetic behavior
of all the loudspeakers for a center-
front source... .

“.. The ambisonic system can cor-
rectly handle both direct and reverber-
ant signals whereas stereo cannot. And
herein lies the basis for its extreme
naturalness and precision in...imaging,
depth and ambience.’™

There is another surround-sound
technique proposed by a leading
Japanese manufacturer. This proprietary
system, known as Q-Biphonics, is sup-
posed to take into account the one ingre-
dient missing from Gerzon and Fellgett’s
realization of ambisonics: arrival-time
differences between the ears.5 The infor-
mation required to preserve inter-aural
delays is obtained from a system employ-
ing two artificial heads, one forward-
facing, one rear-facing, separated by a
baffle.

Q-Biphonics is a near-coincident sys-
tem; ambisonics is coincident. In fact,

Close up detail of microphones used during
stereo evaluation sessions.

great pains have been taken to make the
Soundfield microphone as close to ab-
solutely coincident as possible. The exact
coincidence of the capsules is elec-
tronically synthesized, although they
are, by necessity, slightly separated
spatially.

| would like to agree with Professor
Lipshitz’ prediction that ambisonics “is
the way of the future.” But we must
recognize that most engineers and pro-
ducers are going to continue to work in
the 2-channel domain of stereo—at least
for the present. Fewer than 200 Sound-
field microphones have been sold world-
wide; about one-third of these are in
North America. The Q-Biphonics system
has yet to achieve any popularity outside
of Japan. So, to conclude this section, we
return to the more universal topic of
stereo.

Culminating in our May 1984 evalua-
tion sesson, my experience has been that
certain near-coincident and coincident
techniques come closest to approx-
imating the goals of *“good” stereo. |
have never favored spaced omnis
(which, to my ears, produce an amor-
phous, diffuse and unfocused result) or
coincident XY cardioids (because of their
oppressive “center buildup” effects). Of
course, for any “illusory reconstruction”
to work, everything must be correct
throughout the program chain: matched,
in-phase components; acceptable record-
ing and reproducing environments; and
low distortion, low noise, broadband
equipment.

The MS technique offers “safe” and
predictable results. Because the side (S)
component drops out when the resultant
post-matrix left and right channels are
summed, leaving only the middle (M), MS
is properly mono-compatible. (This fea-
ture also explains why center buildup is
not a problem in MS.) Furthermore, the
stereo microphones associated with this
technique have variable patterns for both
capsules, allowing a wide range of options.

I still advocate near-coincident
placements as a practical, satisfying ap-
proach to stereo recording, in spite of my
recent immersion into the ways of am-
bisonics. Quite apart from the fact that
near-coincidence can be a far less expen-
sive method than any of the costly
MS/XY stereo microphones, ORTF and
similar techniques can yield excellent
imaging and localization, perfectly ac-
ceptable mono compatibility and, in my
opinion, a more satisfying illusion of
depth perspective than certain MS and
XY procedures.

In an earlier discussion in this series, [
expressed my preference for near-
coincident cardioid techniques over the
purely coincident ones, especially MS
and cardioid XY, because of this per-

ceived “"added dimension” of depth
perspective. However, 2-channel stereo
never can be more than a I-dimensional
affair, defined by the line between the
loudspeakers. The illusion of stereo
depth exists, of course, but it comes from
phase-difference and reverberation cues.

This illusion is comparable to the one
discovered by Italian painters of the
Renaissance, who learned how to
achieve depth, or vanishing-point per-
spective, on a flat surface. (Stereo has
often  been called ‘auditory
perspective.”)

Stereo is definitely an improvement
over mono, which is zero-dimensional
(i.e., from a single point source). To
achieve the goals of true 2- and
3-dimensional recording, ambisonics is
the only technique now universally
available. The Q-Biphonics system is
conceived as only a 2-dimensional
system, with none of the height informa-
tion available from ambisonics.

Colorations and accuracy

It is a big step, and perhaps one in a
backward direction, to jump from the
topic of ambisonics to a discussion of the
colorations present in some of the in-
dustry’s favored microphones. The am-
bisonic system is, indeed, one of the most
“uncolored” and natural-sounding
available, by very deliberate design. Not
only does its impressive array of elec-
tronic processors achieve such goals as
absolute coincidence of the capsules, but
also provisions are included for
frequency-shaping circuits that take into
account the psycho-acoustical criteria re-
quired to synthesize the original
wavefronts at the ears of the listener.

Yet however successful recent ad-
vances have been in overcoming the
frequency- and phase-response, noise
and distortion problems of transducer
design, microphone coloration remains
an important tool available to the
engineer.

Our evaluations confirmed that there
are three manifestations of coloration: as
little as possible, good and bad. (“Good"”
is not really better than “as little as possi-
ble,” but it is surely better than “bad.”)
Even the most uncolored of micro-
phones—in my experience, limited ex-
clusively to a few condenser models—ex-
hibit some coloration. But, whatever
minute levels of coloration that such
microphones may individually possess,
they still may be characterized as having
a “condenser sound.”

I admit to fostering a preference for
condenser microphones over all other
types; the remarks that follow are obser-
vations from one who has very positive
views about condenser principles, tech-
nology and products. The colorations
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This is the mixing console that will cause a
revolution in 24 track studios.

The world's first Dual Mode mixing console.

With the advanced features and performance of
a desk you'd expect to cost a great deal more than it
actually does, it's a remarkable achievement. Take
Dual Mode.

When you record with the TS12, its in-line
monitoring means you Create a control room mix on
the main faders.

In mixdown this beccmes the basis for your
master mix. Saving time and helping you keep a train
of thought as to how the final mix will sound.

Unlike other in-line desks, though, the T512 also
allows true stereo subgrouping on long-throw group
faders.

In this mode the routing matrix offers either six
stereo groups or four extra auxiliary sends - totalling
ten sends ~ plus four stereo groups.

No other console in the world provides such
versatility.

The TS12 is an open-ended investment, with op-
tional disc-based SMPTE automation for faders,
mutes, EQ infout and auxiliary on/off. Again, at the
price it's unique.

And fittingly, audio performance is superb.

Recent Soundcraft advances in summing amp
technology, and in grounding and decoupling systems,
make the TS12 one of the cleanest and quietest
consoles ever.

The mic amplifiers, a critical factor in console
quality, create less than 0.01% distortion at 10kHz at
70dB of gain. (Easily exceeding 16-bit digital
specifications.)

Standard features are impressive, to say the
least. Six auxilliary sends, seven stereo line inputs or
effects returns. a 'musician friendly' headphone mix.
an extensive 19" metal frame patchbay - and the
option to create a massive total of 102 inputs.

Quite a line-up.

Attention to detail is equally stringent with
modular PCBs, nc dual concentrics and a clear, logical
layout that belies the sophistication inside.

But the most remarkable feature of the new
TS12 is without doubt the price.

We suggest you call us today to find out just how

remarkable.

ALL THE FEATURES YOU’'D EXPECT
IN A $50,000 CONSOLE, EXCEPT ONE.

THE PRICE.

o
Soundcraft

TS12

MAX 102 HPUTS WITH 36 CH FIAME @ SUMNING AMP NOISE 12508y EIN @ MIC AMP -1208Byv EIN (20001) @ MIC AMP DISTORTION <0 01% THD AT 10khz AT 7068 GAIN @ 8548y RUX SEND KILL AT ALL FREQUENCIES @ CROSSTALK TYPICALLY ~7008 AT 10<nz (-8548 1eHt) § MAXINUN 26dBv OUTPUT
SOUNDCRAFT USA. 8500 BALBOA BOULEVARD, NORTHRIDGE, CA 91320, TEL.: (818) 093 4351 £AX- ($18) 893 3639 SOUNDCRAFT UK TEL: (01) 207 5050
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that | hear from “condenser sound” are
partly electrical in origin; those heard
from ribbon and moving-coil designs are
purely mechanical by comparison. As
noted, | prefer the former to the latter,
but I still find even the least colored
“condenser sound” to be a bit unnatural.
I have heard only one or two condenser
microphones that did not have some sug-
gestion of high-frequency emphasis; the
experience was sO unusual that |
suspected that something was wrong.

Capsule resonances, determined by the
materials, dimensions and tensioning of
diaphragms, as well as reflections in and
around head screens and microphone
bodies, produce the acoustical/
mechanical components of “condenser
sound.” Added to these conditions are
the workings of tube or solid-state
circuity (including other capacitors,
transformers and the requirements of
polarizing voltages for the capsules).

It is the sum total of these elements
which bring about the electrical sound-
ing colorations, however subtle, that |
am describing. At worst, the situation
gets quite out of control, producing the
gritty, spitty sound that accounts for the
ongoing interest in the better ribbon and
moving-coil designs.

Overly bright, strident sound, resulting
from uncontrolled high-frequency
resonances, exemplifies the “bad” cate-
gory of colorations heard from con-
denser microphones. The mechanical
resonances, associated with dynamic
units (ribbon and moving-coil) occur at
various points across the audio spectrum,
often at several places simultaneously.
The result is a roughness in response that
has been variously described as “tinny,”
“brittle,” “boomy"” or “tubby.”

The now obsolete RCA 77-DX ribbon
microphone, in use for decades in the
U.S. audio industry, can serve as an ex-
ample of some of these problems. While

Author Lowell Cross with microphones from
the University of lowa collection (left-to-right):
RCA 77-DX (on boom), AKG C452EB, Shure
SM81, Neumann U47 (tube), Neumann

SM69fet and Calrec MkIV Soundfield. RTW
1260 stereo correlation meter and Calrec
MkIV control unit are shown on the studio’s
Neve 5315/24 console.

it continues to command respect in cer-
tain quarters, the 77's rather pronounced
resonances in the 200Hz and 2akHz-
6kHz ranges—in combination with a
rapidly decreasing output above 10kHz
cause its colorations to be unpleasant to
my ears, if not actually bad. (An ap-
preciation of the challenges of designing
microphones without coloration-
producing resonances, whether con-
denser, ribbon, or moving coil, may be
obtained by reading Dr. Gerhart Bore's
Microphones, pages 56-62. He sum-
marizes the associated problems of
transient-response and offaxis colora-
tions on pages 69-707.

If “as little as possible” coloration from
the highest-quality condenser units still
leaves a “suggestion of high-frequency
emphasis,” (my phraseology). and if
“bad” coloration is the result of uncon-
trolled resonances, poor transient
response and poor off-axis and pattern
characteristics (or a combination of all of
these problems), then what is “good” col-
oration? In my opinion, extremely few
microphones possess such a quality—and
I repeat my admonition that they are not
necessarily “better” products than those
with a minimum of coloration.

The ability of a microphone to provide
enhancement is a more elusive property
than even accuracy. “Musicality” may be
another way of expressing this nebulous
attribute. Again, the only microphones
to which I can ascribe this distinction are
certain condenser models. They are
noted for a wide frequency range,
professional-quality noise and distortion
specifications, and either the capability
of electrically variable patterns or a
special polar characteristic that has been
designed to change with frequency.
Their appeal arises from an atvpical con-
denser sound. They behave graciously in
that part of the spectrum where many
others are hecoming increasingly more
aggressive: the range of greatest human
hearing sensitivity.

Accordingly, my choices for
microphones with “good” colorations are
those that approach the goal of accuracy,
yet have smooth, non-aggressive (or
even withdrawn) midrange and high-
frequency qualities that are attractive to
the ear. Even though they are condenser
models, these are units that approx-
imate, or even surpass,the ideal “ribbon
sound”—with those longed-for qualities
of smoothness and warmth.

Choosing a microphone:
subjective preferences
There are many factors that determine
the choice of a microphone, hoth at the
time of purchase and prior to a recording
session. Some of these elements relate to
purely practical matters: cost, availabili-

ty. reputation of the manufacturer and
distributor, susceptibility to damage,
physical appearance and/or ease of con-
cealment, and complexity of operating
features. Other considerations (which are
more pertinent to this discussion) con-
cern the intended application and the
user’'s expectations for the final result

The parts of the decision-making pro-
cess that deal with applications and ex-
pectations are. of course. the most dif-
ficult, hecause they are invariably subjec-
tiwve. No amount of reading published
specifications, studying reports of
anechoic chamber and/or time-delay
spectrometry tests, or even conducting
such tests, will allow anyone to predict
exactly how microphones are going to
sound under the wide range of condi-
tions imposed upon them in actual use.

I completely agree that empirical
testing and reporting make up a very
significant part of our collective learning
processes. | also believe that first-hand
experience makes up at least an equally
significant part—and that is why I under-
took all of these evaluations for myself
and for my students. | urge RE/P
readers to compare microphones on
their own, so that they will become bet-
ter informed before a final decision is re-
quired for a given application.

Our experimental sessions have been
undertaken with a deliberate choice of
“classical” repertoire. Music is clearly an
end unto itself; the act of recording is
merely a means to that end. Therefore,
music is the single most important ingre-
dient in our evaluations.

Classical music has been our vehicle,
for several reasons. My colleagues and |
are trained in it, it is readily available at
our school of music, and the concert halls
in which we record are suitable for its
performance. It is also the most “neutral”
music available for our purpose; other
genres, be they jazz. rock, pop or coun-
try, have too many unknowns and con-
notative aspects in an electro-acoustical
sense to be suitable. How are they sup-
posed to sound without audio equip-
ment?

Classical music has its primary, and
original, existence outside of the recor-
ding medium; it is historically a perform-
ing art with established traditions, rather
than one which requires reproduction or
synthesis to come into being. We already
know how it is supposed to sound.

Microphones that serve classical music
well may not always be the appropriate
choices for certain rock, pop or commer-
cial requirements. Even though we have
concentrated on vocal reproduction, we
have not investigated any hand-held
models. These are invariably associated
with solo (mono) source material; our ap-
proach has centered on stereo.
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But because pop vocal recording is
such an important part of the daily
routine of the industry, what have our
evaluations revealed that may be useful
in those applications? Certainly, studio

| microphones that are accurate, or which

may “enhance” the voice to some ex-
tent, are worthy of serious investigation.

MS and ambisonic techniques for re-
cording solo vocalists are very appeal-
ing—they create additional space around
the voice, yet retain mono compatibility.

A microphone setup for vocal and piano re-
cordings.

Finally, we should remember that cer-
tain models have actually defined the
sound of today's recorded pop vocals.
A few European, large diaphragm con-
denser units, both tube and solid-state,
have had a sonic and an economic im-
pact on the audio profession. Many
engineers prefer to continue their per-
sonal successes with these famous
microphones, especially since the clients
| themselves often demand them. They
add their own characteristic “stamp” to
vocal sound, in varying degress of in-
creased presence and brightness (mid-
and high-frequency emphasis).

| agree that these models are capable
of enhancing vocal quality when such
forms of emphasis are desirable, as in
pop music. In this sense, they too exhibit
the elusive properties of “good”
colorations. R-E/P

Notes and references

1. For an account of the evolution
from “quad” to Ambisonics, see: William
Sommerwerck, "“Ambisonics Comes of
Age,” Parts |, Il, & lll, The Audio
Amateur, Nos. 3, 4, & 5 (1984). Letters
from John Roberts and William R.
Crawford and author’s replies, TAA, No.
|5 (1984) and No. 2 (1986).

~1

2. References to Ambisonic recording
are found throughout the Journal of the
Audio Engineering Society in recent
years. An important early article is
Michael Gerzon's “Periphony:

With-Height Sound Reproduction,” |

JAES, Vol. 21, No. 1 (Jan.-Feb. 1973), pp.
2-10.

3. Stanley P. Lipshitz, *Stereo
Microphone Techniques: Are the Purists
Wrong?” Audio Engineering Society
Preprint No. 2261 (D-5), p. 6.

4. Ibid., pp. 37-38.

5. Sommerwerck, op. cit., Part I, p. 39.

6. John Eargle, Handbook of Record-
ing Engineering. New York: Van
Nostrand Reinhold, 1986, pp. 108-110.

7. Gerhart Bore’ Microphones for pro-
fessional and semi-professional applica-
tions (transl. S.F. Temmer). Berlin: Georg
Neumann GmbH, 1978. (This important
publication is now available in limited
quantities from Gotham Audio Corpora-
tion in New York.)

| wish to thank cur audio engineers, David Muller and
Peter Nothnagle, for their assistance in the prepaia-
tion of this article.

All photography by James J. "March and Lind-a
Bourassa.
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An Engineer’s Guide to Studio

and Live-Performance
Microphones

By Bruce Bartlett

To achieve high-quality results in the studio and in live-
performance situations, you need a basic understanding
of the various types of available microphones.

Which type of microphone is best suit-
ed for recording a symphonic band?
What's a good piano mic? Should the mi-
crophone be a condenser or dynamic
model, with an omni or cardioid pick-up
pattern?

Such questions can be better answered
once you understand the various types of
microphones and their specifications. Af-
ter reviewing the definitions in this arti-
cle, you should have a better idea of
which microphone should be used in a
particular application.

A microphone is basically a trans-
ducer—a device that converts one form
of energy into another. Specifically, a mi-
crophone converts acoustical energy
(sound) into electrical energy (the output
voltage).

Transducer types

Microphones for recording and produc-
tion applications can be grouped into
two types, depending on their operating
principle: dynamic or condenser. In a dy-
namic microphone, a metal wire moves
through a magnetic field to produce an
electrical signal. The two types of
dynamic microphones are moving-coil
and ribbon models.

A moving-coil microphone (more pop-
ularly called a dynamic mic} is shown in
Figure 1. A coil of wire attached to a dia-
phragm is suspended in a magnetic field.
When sound waves vibrate the dia-
phragm, the coil moves within the mag-
netic field, generating an electrical signal
similar to the incoming sound wave.

In a ribbon microphone, a thin metal
foil or ribbon is suspended in a magnetic

Bruce Bartlett is senior microphone development en-
gineer and technical writer at Crown International,
Elkhart, IN.

DIAPHRAGM

BACKPLATE

Figure 1. Section of a typical dynamic or
moving-coil microphone.

VOICE
con

MAGNET
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Figure 2. Section of a typical cupacitor or
condenser microphone.

field; sound waves vibrate the ribbon in
the field and generate an electrical
signal.

In a condenser or capacitor micro-
phone (Figure 2), a conductive dia-
phragm and an adjacent metallic disk
(backplate) are charged to form two
plates of a capacitor. Sound waves strik-
ing the diaphragm vary the spacing be-
| tween the plates; this alters the capaci-
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tance and generates an electrical signal
similar to the incoming sound wave.

The diaphragm and backplate can be
charged either by an externally applied
voltage, or by a permanently charged
electret material in the diaphragm or on
the backplate.

Because of its lower diaphragm mass
and higher damping, a condenser micro-
phone responds faster than a dynamic
microphone to transients.

A condenser microphone generally
provides a smooth, detailed sound with a
wide frequency response. Working with
a good condenser microphone, you can
capture all the “ping” of the cymbals, or
the plucking of each string in a strummed
guitar chord. This clear, detailed sound
quality makes the condenser micro-
phone especially suitable for micing
cymbals, snare drums, acoustic instru-
ments and studio vocals.

A condenser microphone requires a
power supply to operate, such as a bat-
tery or external phantom-power supply.
Simplex phantom power is 12Vdc-48Vdc
applied to pins *2 and *3 of the micro-
phone connector through two equal-val-
ue resistors; the microphone receives
phantom power and sends audio signals
on the same two conductors. Many mix-
ing consoles supply direct phantom pow-
ering at their mic input connectors.

By contrast, a dynamic microphone
works without any power supply and
provides a reliable signal under a wide
range of environmental conditions. A
well-designed dynamic mic is quite rug-
ged and can accept very loud sound pres-
sure levels without overloading, an abil-
ity that suits it for micing guitar amps
and drums.

Because a dynamic mic generally has a
slower transient response than a conden-
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The new Studio Monitor 1 with TO.C ™ (Time Offscet
Correction), from Protessional Audio Systems, is exactly
what vou need...to hear.

T.O.C. studio monitors, the only true constant cover-
age coaxial monitor system, employ bervllium diaphragm
HF compression drivers, giving vou resonance frec
extended HF response to 20 kHz. The 15”7 LF transducers
with large linear excursion capability. high sensitivity and
power handling provide ultra low distortion to below
35 Hz. The HF and LF are combined by tourth-order
Linear Phase crossover filters with TO.C. providing near
perfect phase response resulting in pinpoint stereo imag-
ing. And, its all neatly packaged in a hand-finished black
oak enclosure rivaling tine furniture.

T.O.C. studio monitors give you good solid physics,
sound engineering, meticulous attention to detail and
clean, clear, unadulterated sound. When there is silence,
you get silence. And, the fleeting transients that often
create the difference between good sound and great
sound are faithfully reproduced.

Ok, listen. That’s all we're asking vou to do. Listen
to the only studio monitoring system designed to give vou
just what you needed to hear. You can uucﬁtion a pair of
T.O.C. studio monitors at your favorite stud:o supply
dealer, or may contact us direct.

Professional Audio Systems
1224 West 252nd Street, Harbor City, CA 90710, (213) 534-3570 Telex: 469539
Circle (19) on Rapld Facts Card



32

SUPERCARDIOID

HYPERCARDIOID

Figure 3. Polar pick-up patterns of the five types of response curves offered by microphones.

ser, it can be used to soften the fine detail
the latter would pick up. A flat-response
dynamic might be a good choice for
woodwinds or brass, if you want to take
the “edge” off the sound. Dynamics gen-
erally have a rougher response than con-
densers or ribbons, although moving-coil
models of excellent quality are available.

Ribbon microphones, while usually
considered to be more delicate than the
dynamic type, are often prized for their
warm, smooth tone quality. Typically,
they are used on brass instruments to
mellow the tone.

Polar pattern

Microphones also differ in the way that
they respond to sounds coming from dif-
ferent directions. An omnidirectional mi-
crophone is equally sensitive to sounds
arriving from all directions. A unidirec-
tional microphone is most sensitive to
sounds arriving from one direction—in
front of the microphone—but discrimi-
nates against sounds entering the sides
or rear of the microphone. A bidirection-
al microphone is most sensitive to
sounds arriving from two directions—in
front of and behind the microphone—but
rejects sounds entering the sides. Figure
3 shows various polar patterns.

The unidirectional classification can be
further divided into cardioid, supercardi-
oid and hypercardioid. A microphone

with a cardiod pattern is sensitive to
sounds arriving from a broad angle in
front of the microphone. It is about 6dB
less sensitive at the sides, and about
15dB to 25dB less sensitive at the rear.

The supercardioid pattern is a 8.6dB
down at the sides and has two nulls of
least pickup at 125° off-axis. The hyper-
cardioid pattern is 12dB down at the
sides and has two nulls of least pickup at
110° off-axis. This pattern has the most
rejection of leakage and room reverbera-
tion of the three types.

Because they discriminate against
sound to the sides and rear, cardioids
help to reject unwanted sounds such as
room acoustics (reverb), feedback or
leakage (off-mic sounds from other in-
struments). Cardioids are the most popu-
lar choice in the studio for this reason,
because they provide good isolation or
separation between recorded tracks.

Most unidirectional and bidirectional
mics produce a bass boost when used
within a few inches of a sound source.
This proximity effect occurs in direction-
al microphones that have a single dis-
tance between the front and rear sound
entries.

The “warmth” created by proximity ef-
fect adds a pleasing fullness to drums. In
most recording situations, however,
proximity effect lends an unnatural
“boomy” or “bassy” sound to the instru-

ment or voice picked up by the mic. To
minimize proximity effect, some micro-
phones are specially designed, while
others feature a bass-rolloff switch to
compensate for the low-frequency boost.
Alternatively, you can roll off the excess
bass at the console until the sound is
more natural. By cutting the bass re-
sponse you will also reduce low-fre-
quency leakage picked up by the mic.

Condenser or dynamic models are
available with any kind of directional
pattern. Ribbon mics, on the other hand,
are either bidirectional or hypercardioid.

Figure 4 classifies the various micro-
phones according to transducer type and
polar pattern.

Frequency response
Frequency response is the range of fre-
quencies that a microphone will repro-
duce at an equal level, and is normally
quoted within a tolerance window, such
as *3dB. If an accurate or natural sound
is desired, the mic’s frequency response
should cover the frequency range of the
instrument. For example, a trombone ra-
diates frequencies from about 80Hz to
8kHz. Select a mic with a response cov-
ering at least this range. Similarly, an or-
chestra produces a very wide frequency
span ranging from about 40Hz (bass
drum and bass viol) to 15kHz or higher

(cymbals and other percussion).
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Behind Every Synclavier
There’s a Success Story

l:!"ﬁ N o

Profile: André PI‘

CE.O. and Chairman of the Board of The André Perry Group and Le Studio

Visionary producer André Perry heads one of the most sophisticated music and video production
{acilities in the world. Located in a beautiful and secluded Quebec setting. LE STUDIO and THE
ANDRE PERRY GROUP have proven that. with the right personnel and equipment, a studio
doesn't have to be in a major urban center to stay on top With his facility constantly booked. it's
clear that Andreé's philosophy of total service has paid of. Recent projects range from network
TV series to records and videos by such leading artists as Chicago. The Bee Gees. David Bowie,
and The Police

He comments on the success of his first Synclavier Digital Audio System and his future glans: "The
Synclavier was so simple to learn and use that two weeks after installing the y )
system we did the music and sound effects for a major network Movie of the / /// f
Week It's been so cost-effective that we're already crdering a second 2

Y

system for our new Washington, D.C. facility — / 7
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Figure 4. Classification of various studio and live-sound microphones according to transducer

type and polar-pattern responses.

A frequency response from 80Hz to
15kHz is adequate for most instruments;
a response from 40Hz to 9kHz covers the
range of bass instruments; a high-end re-
sponse up to 12kHz is sufficient for brass,
voice and piano; and a response out to
15kHz or 20kHz is necessary for cymbals
and some percussion instruments.

The low-frequency response of the mi-
crophone should be limited, if possible,
to the lowest fundamental frequency of
the instrument to be recorded. For exam-
ple, the frequency of the low-E string on
an acoustic guitar is 82.41Hz. A mic used
on the acoustic guitar should roll off be-
low that frequency to avoid picking up
low frequency noise and room rumble.
Some microphones provide a low-fre-
quency cutoff switch for this purpose; al-
ternatively, you can filter out the un-
needed lows at the console.

A frequency-response curve is a graph
of output level in decibels at various fre-
quencies. For a microphone, the output
level at 1kHz is placed at the 0dB line on
the graph, and the levels produced at
other frequencies are so many decibels
above or below the reference level.

The shape of the response curve usual-
ly indicates how the microphone sounds
at a distance of about 2 to 3 feet. For ex-
ample, a microphone with a flat, ex-
tended response reproduces the funda-
mental frequencies and harmonics in the
same proportion as the sound source.
Thus, a flat-response mic tends to pro-
vide accurate, natural reproduction at
that distance.

A microphone with a rising high-end
or a presence peak around SkHzto 10kHz
emphasizes the higher harmonics as
shown in Figure 5. The subjective effect
is a crisp, articulate sound. (This type of
response is sometimes called a “tailored”
or “contoured” response and is popular
for guitar amps and drums because it
adds punch and emphasizes attack.)

Sensitivity
Sensitivity is a measure of a micro-
phone’s efficiency. A very sensitive mi-
crophone, for example, produces a rela-
tively high output voltage for a sound
source of a given loudness.
Sensitivity doesn't affect its sound qual-

ity; instead it affects the audibility of con-

sole noise. To achieve the same record-
ing level, a low-sensitivity mic requires
more gain than a high-sensitivity model.
More gain usually results in more noise.

If you record quiet, distant instru-
ments, such as a classical guitar or cham-
ber music, you'll hear more console
noise with a low-sensitivity mic than with
a high-sensitivity model, all other factors
being equal. With close-miced pop mus-
ic, however, sensitivity matters little be-
cause the microphone signal level is well
above the console noise floor.

Microphone sensitivity is often stated
in “dB re:1 volt per microbar.” The fig-
ure provides an indication of the voltage
produced (in decibels relative to 1V)
when picking up a 1kHz tone at a 74dB
sound pressure level. Listed below are
typical sensitivity specs for the three
transducer types:

Condenser: —65dB (high sensitivity).

Dynamic: -75dB (medium sensitivity).

Ribbon or small-diaphragm dynamic:
—85dB (low sensitivity).

Differences of a few decibels among
microphones are not cricital.

The louder the sound source, the high-
er the signal voltage produced by the mic-
rophone. Extremely loud sources, such
as kick drums or guitar amps, can cause
a microphone to generate a signal strong
enough to overload the console mic pre-
amp—which is why input attenuators or
pads are included in mixers to reduce
mic signal level.

Impedance

A mic’s impedance is its effective out-
put resistance at l1kHz. An impedance
between 150Q and 6001 is considered
low; 1kQ to 4kQ is medium and above
25k} is high. Low-impedance micro-
phones are preferred for recording be-
cause they allow long cable runs to be
used without hum pickup or high-fre-
quency loss. Nearly all consoles are de-
signed to accept low-impedance mics.

Maximum sound pressure level

Another specification is maximum
sound pressure level (SPL), a measure of
the intensity of a sound. The quietest
sound we can hear—the threshold of
hearing—measures 0dB SPL. A normal
conversation at 1 foot measures about
70dB SPL; painfully loud sound is above
120dB SPL.

Maximum SPL is the point at which a
microphone’s output signal starts to dis-
tort; usually the SPL at which the micro-
phone produces 3% total harmonic dis-
tortion. If a microphone has a maximum
SPL spec of 125dB, it means that the mi-
crophone starts to distort audibly when
the sound pressure level produced by the
source reaches 125dB SPL.

A maximum SPL spec of 120dB is

Recording EngineerProducer
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AKG’s D 330 Series Microphonss are the
accepted standard for many prefessional
entertainers. They're buiit ruggad, lor depandable
studio quality oa-the-road. And sometimes the
look and fesl| of a mic s just as inportant as its
performance, especidly in parformance.

So AKG has mtroduced its best mics ina
spedal high-tee, non-reflective black finish that’s
perfect for thedemards of stage, video and film.

F 7 § .

From the D 112 kick drum mic to the C 410
headset mic there will be no more lens flare or
burnout on-camera. Nio more smudgy fingerprirts
in cleseups. No more competing with your swn
mic for the attention of the crowd . . . all this with
the same great AKI3 sound.

Tre AKG non-reflactives. You couidn’t be
heard any better.
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Figure 5. An example of the way in which a microphone’s frequency response can be affected

Table I. Microphone selection chart.

Requirement
Natural, smooth tone quality
Bright, present tone quality

Extended lows

Extended highs (detailed sound)
Reduced “edge” or detail

Boosted bass up-close

Flat bass response up-close
Reduced pickup of leakage, feedback
and room acoustics

Enhanced pickup of room acoustics
(1) Micing close to a surface

(2) Even coverage of moving sources or
large sources

(3) Inconspicuous mic

Coincident or near-coincident stereo

Extra ruggedness

Reduced handling noise

Reduced breath popping

Distortion-free pickup of very loud
sounds

Noise-free pickup of quiet sounds

Recommended mic characteristic
Flat frequency response
Rising frequency response

Omnidirectional, multiple-D cardioid or
single-D cardioid with bass rolloff

Condenser
Dynamic
Single-D cardioid

Omnidirectional, muitiple-D cardioid, or
single-D cardioid with bass rolloff

Unidirectional, or omni up close
Omnidirectional, or unidirectional far-
ther away

Boundary mic or miniature mic

Unidirectional mic or stereo mic
Dynamic

Omni or unidirectional with shock
mount

Omni or unidirectional with pop filter

Condenser with high maximum-SPL
spec, or dynamic

Low self-noise, high sensitivity

good, 135dB is very good and 150dB is
excellent. Any well-designed dynamic
microphone can handle SPLs in excess of
150dB SPL.

Self-noise

Self-noise or equivalent noise level is
the electrical noise that a mic produces,
equivalent to what a sound source would
produce in dB SPL. This figure is usually
A-weighted, meaning that the noise was
measured through a filter that rolls off
low and high frequencies to simulate the
ear's frequency response. A self-noise
spec of 20dB SPL or less is excellent; a
spec around 30dB SPL is good and a spec
around 40dB SPL is fair.

Polarity

Most mics produce a positive voltage at
pin *2 with respect to pin *3 when the
sound pressure pushes the diaphragm in-
ward (a positive pressure). If a micro-
phone is wired in the opposite polarity,
and combined to the same channel, low
frequencies in the sound pickup are at-
tenuated or completely cancelled.

To prevent this from happening, check
that all your studio or PA mics are wired
identically, as follows:

1. Choose one microphone as a polari-
ty reference.

2. Plug it into your console and talk in-
to it from about 3 inches away, and set
the meter to peak around zero VU.

3. Do the same with a second micro-
phone and cable-plugged into another in-
put channel.

4. With both microphones mixed to
the same output bus, hold the mics to-
gether and talk into them again at a dis-
tance of 3 inches.

5. If the meter reading is lower, the po-
larity of the second mic or cable is re-
versed with respect to the reference.

In that case, remove the connector
shell from the second mic's cable and re-
verse the connections to pins #2 and *3
(in one connector only). Use only that ca-
ble with that microphone, and label it.

If you can remove the connector in the
microphone itself, reverse the connec-
tions to pins #*2 and *3 for mics that are
opposite in polarity to the reference.
(Check a few mics before doing this to
make sure the reference mic itself isn't
wired backward')

Special microphones
The following section describes three
types of microphones used for special
purposes. These are boundary micro-
phones, miniature microphones and
stereo microphones.
A boundary microphone is designed to

be used on a surface such as a floor, wall, |

table, piano lid, baffle or panel. As can be
seen from Figure 6, a typical boundary
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HOW THE CARVER PROFESSIONAL
MAGNETIC FIELD AMPLIFIER PM-2.01
SHEDS NEW LIGHT ON THE PROBLEM OF
WEIGHT VS. OUTPUT.

Back in the days when heavy-duty
amplifiers were running about a pound per watt,
Carver Corporation introduced 450 watts/channel
in a 21-pound chassis, called the PM-15. Freight
bills started coming down. Roadies began remov-
ing their hern a truss belts. And the rest is history.

Now, with a solid record of reliability and
sound quality on tours like Bruce Springsteen and
Michael Jackson as well as hundreds of thou
sands of hours of solid duty in smaller PA's, Carver
has advancec to the next impressive step in econ-
omy and performance.

A tour de force of innovative design and con-
struction, the Carver PM-2.0t Magnetic Field
Amplifier weighs under 11 POUNDS!

And yet delivers 465 watts per channel
20-20kHz into 8 ohms. 600 watts RMS per
channel into 4 ohms. Or an astonishing 625
watts into 8 ohms in mono mode! Al at less
than 0.5% TF D. While retaining all the
speaker and amplifier protection features that have made
the PM-1.5 ore of the safest and most reliable designs ever
offered. Withcut skimping on the little extras such as soft
start- up, LEC power monitoring and proportional-speed fans.  Aweghted Dimensions 19 x 35"H x 1225"D Wesght 101bs 12 0z

051 20% D) 2 S—

POWERFUL MUSICAL

Carver did it through fur-
ther refinements in their patented
Magnetic Field Coil power supply system.
Along with a remarkable monocoque-style
chassis that’s strong enough to support a bass
bin and yet lighter than an outboard signal processor.
_ In spite of Carver Professional Division’s track
B record for rugged reliability, we know your credibility
t may be strained by the PM-2.0t’s seemingly impos-
sible weight-to-power ratio. Suffice to say, itis no
creampuft,

The PM-20t is designed to be tumbled down a
ramp and slammed into place. It out on the road
right now proving it can take this kind of punishment.

When size and weight are critical economic fac-
tors —when you need to deliver 24,000 watts RMS
from an amp stack less than six feet high — weighing

less than 5000 watts worth of the competition, then
there can be only one choice.
— The Carver Professional Magnetic Field
~.. Amplifier PM-2.0t. The sound is magnificent!
%’ Hear it at selected Carver Professional
dealers today.
And then, take a load off your bottom line.
*8 ohms: 465 watts RMS/chan. 20-20kHz with no more than 0.5% THD

-
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MICROPHONE

CAPSULE
PLATE
CAPSULE
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SIDE VIEW
L
PLATE MICROPHONE
CAPSULE

Figure 6. Construction of a typical boundary microphone.

microphone includes a miniature electret
condenser capsule mounted face-down
next to a sound-reflecting plate or boun-
dary. The mic diaphragm now receives
direct and reflected sounds in-phase at all
frequencies, avoiding phase interference
between them.

The claimed benefits of such mics are a
wide, smooth frequency response free of
phase cancellations, excellent clarity and
“reach,” a hemispherical polar pattern
and uniform frequency response any-
where around the microphone.

In the studio, a boundary microphone
is typically taped to the underside of a pi-
ano lid or to the wall for pickup of room
ambience. It can be used on hard baffles
between instruments, or on a panel to
make it directional.

Boundary microphones are also avail-
able with a unidirectional polar pattern.
They offer the benefits of both boundary
mounting and the unidirectional pattern,
and are well suited for lecterns, news
desks and stage-floor pickup of drama or
musicals.

Another special type of microphone is
the miniature condenser type, which can
be attached to drum rims, flutes, horn,
guitars and so on. With miniature units,
you can mic a live band for recording
without cluttering up the stage with
boom stands. In some instances, two or
three mics can cover the small drum set.

A stereo microphone combines two di-
rectional mic capsules in a single housing
for convenient stereo recording. The mic
is placed about 10 feet to 15 feet in front
of a band, choir or orchestra. Because
there is no spacing between the mic cap-
sules, there will be no delay or phase
shift between their output signals. Conse-
quently, stereo microphones are mono-
compatible: the frequency response is
the same in mono and stereo.

Taking into consideration the various

microphone characteristics mentioned
previously, Table 1 comprises a micro-
phone selection guide based on specific
requirements.

Let's run through some specific exam-
ples to see how Table 1 is used. Suppose
you want to record a grand piano play-
ing with several other instruments. You
need a microphone that reduces sound
leakage, so you find this requirement in
the left column. The chart recommends a
unidirectional mic or an omni mic up-
close.

For this particular piano, you want a
natural sound, for which the chart sug-
gests a mic with a flat frequency re-
sponse. You also want a detailed sound,
50 a condenser mic is the choice. A mi-
crophone with all these characteristics is
a flat-response, uni condenser mic. If you
are micing close to a surface (the piano
lid), a boundary mic is recommended.

Now suppose that you're recording an
acoustic guitar on stage, where the gui-
tarist moves around. For a moving sound
source, the chart recommends a mini-
ature microphone attached to the guitar.
Since you're micing close, feedback and
leakage are not a problem; so you can
use an omni mic.

You try an omnidirectional condenser
mic. On this particular guitar, it sounds
too detailed (too much pick noise and
string noise). You want a less-detailed
sound, so you finally choose a miniature
omnidirectional dynamic mic, which rep-
resents a good choice for this particular
application.

There is no one correct microphone to
use on any particular instrument; you
should choose the microphone that
sounds best to you. Quality recordings,
however, always require quality micro-
phones with a smooth, wide-range re-
sponse, low noise and low distortion.

Microphone accessories

® Pop filters are a necessary acces-
sory for a vocalist's microphone. When
a vocalist sings u work emphasizing
“p", “b" or “t" sounds, a turbulent puff
of air is forced from the mouth. A mi-
crophone placed close to the mouth is
hit by this air puff, resulting in a thump
or pop; the use of a windscreen or
foam pop filter reduces this problem.
Some microphones have pop filters or
ball-shaped grills built into the mic.

Pops are also reduced by placing the

vocalist's mic abouve or to the side of
the mouth, or by using an omnidirec-
tional microphone.
* Stands and booms are adjustable
devices that hold the mic and let you
position them as desired. A micro-
phone stand has a heavy metal base
that supports a vertical pipe. At the top
of the pipe is a rotating clutch that lets
you adjust the height of smaller tele-
scoping pipe inside the larger one. The
top of the small pipe has a standard
%-inch-27-inch thread, which screws
into a microphone stand adapter.

A boom is a long, horizontal pipe
that attaches to the small vertical pipe.
The angle and length of the boom are
adjustable. The end of the boom is
threaded to accept a microphone stand
adapter, and the opposite end is
weighted to balance the weight of the
microphone.
® Shock mount is a device that
mounts on a mic stand and holds it in
a resilient suspension to provide isola-
tion from mechanical vibrations, such
as stand and floor thumps. Many mics
have an internal shock mount that iso-
lates the capsule from its housing; this
reduces handling noise as well as stand
thumps.

* Cables and connectors carry the
electrical signal from the mic to the
console or tape machine. The cable is
made of one or two insulated conduc-
tors surrounded by a fine-wire shield to
keep out electrostatic fields that can
cause hum.

* Junction boxes and snakes re-
duce the number of individual cables.
running from many microphones to a
console. Instead, you can plug all stu-
dio or on-stage mics into a junction
box with multiple connectors. A single
multiconductor cable (the snake) car-
ries the signals to the mixer, where the
cable divides into several connectors.
s Splitters are important if you are
recording a live band, and you need
each mic to feed a signal simultaneous-
ly to your recording console and the
band's PA mixer. A transformer split-
ter has one input for each mic, and two
or three isolated outputs to feed each
mixer.

This article has been excerpted from the author's
book, Introduction to Professional Recording Tech-
niques, and is reproduced with permission of the pub-
lisher, Howard W. Sams & Co. Copyright 1987.
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The Ramsa WR-8616. Broadcast quahty Just
ask KAPT, KEYL, KVET and KPEZ/Austin TX|
KTXF/ Harhngen TX, KBOR/Brownsville TX,
WCTS/Minneapolis MN, WKHQ/Charlevoix MI,
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The Art and Science of

Close-Field Monitors

By John Eargle

Practically every recording and production studio is equipped with close-field
monitoring to allow an engineer to determine how the resultant mix will sound on
domestic-style speakers, and to provide a detailed analysis of the stereo balance.
What selection criteria exist for such monitors,

and where should they best be located in the control room?

Most studio control rooms have elabo-
rate built-in monitor systems that are bi-
or tri-amplified and carefully equalized
to match a given response contour. As
good as these systems are, they are often
turned off in favor of a pair of small,
2-way loudspeakers, usually mounted on
the console’s meter bridge.

The large monitor loudspeakers may
be the reference during original record-
ing and overdubbing but, when it gets
down to the fine detailing of the final
stereo mix, it is a good bet that the little
ones will be used. The reason for this is
simply that, in a highly competitive mu-
sic marketplace, neither producer nor
engineer wants to leave any detail un-
checked when it comes to the actual bal-
ances that the public will hear.

The practice is known by several
names, including near-field monitoring,
close-field monitoring, free-field monitor-
ing and direct-field monitoring. Because
Ed Long and Associates has a trademark
on the term Near Field, we will use the
term close-field in describing this kind of
monitoring.

Some definitions

What do these terms mean in the first
place, and why do engineers like to mon-
itor a mix in this way?

The term near-field has a precise
meaning in acoustics, and has been used
for many years. Imagine any kind of
acoustical source in an environment
completely free of reflections. An anech-
oic chamber will do, or we can simply
locate the source on a tall pole outdoors.

John Eargle is president of JME Consulting Corpora-
tion and a regular contributor to RE/P.

As we approach the source from a suf-
ficient distance, we will observe that
each time we halve our distance, the
sound pressure level increases 6dB (in-
verse square law).

But, the closer we get to the source, we
begin to notice that the level does not
quite double with each halving of dis-
tance. Instead, it varies in a rather unpre-
dictable manner. At that point, we are in
the near-field of the source.

The companion term is far-field, which
describes the range over which inverse
square relationships are applicable. As a
practical matter, we can state that if the
observer is located at a distance more
than four times the longest transducer ar-
ray dimension of a loudspeaker, the lis-
tener will be effectively in the far field of
that loudspeaker.

Thus, for a single 5-inch cone loud-
speaker, an engineer located three feet
away will be well into the far field. But, if
the loudspeaker is a 2-way design with
an 8-inch woofer and a dome tweeter,
the longest transducer array dimension
is about one foot, and the listener will be
in the transition region between near
fields and far fields.

With normal console distances, it is
clear that near or close field, whichever

term is used, may or may not apply, de-
pending upon the size of the loudspeaker
in question. In some cases, the large sof-
fittmounted monitors may occupy so
much surface space that engineers are
really located in their close field when
seated at the console!

Technicaily speaking, a more accurate
term may be free-field monitoring, be-
cause that term defines a region, inde-
pendent of near and far fields, in which
direct sound from the loudspeaker pre-
dominates over reflected sound. This
condition is probably the one that most
engineers would agree is ideal. However,
let’s stick with close field as our operant
term.

Advantages of close-
field monitoring

An obvious advantage of playing a trial
mix over a small pair of close-in loud-
speakers is that those loudspeakers are
probably limited in how loud they can
play. As a result, the engineer and pro-
ducer are forced to monitor their product
at a lower level, and certain loudness lev-
el spectral changes may become signifi-
cant. (Recall the Fletcher-Munson or Rob-
inson-Dadson equal loudness contours.)

They could just as well do this with the
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Today’s tougher audio requirements
- demand a new choice

Improved frequency response plus
less distortion and crosstalk are just a
few of the technical gains achieved in
the new Telex Pro Series duplicator.
This means that you'll make duplicates
that are truer to the master than with
any comparable tape duplicator on the
market today.

Yes, here's a system with all the advan-
tages of the famous 6120 high speed
duplicator plus enhanced specifica-
tions. Features that made the 6120
popular such as compact size, unlim-
ited expandability, track select, audio

level monitors and easy one-button operation remain distinct
Telex advantages. But, by developing the 6120XLP with 8X
speed, Telex gives you the advantage of improvements in
many important professional specifications such as distor-
tion, frequency response, speed accuracy and crosstalk.
And, the new cassette transport speed allows you to
duplicate directly from 15 ips open reel masters for the

ultimate in quality and convenience.

The Pro Series 6120 uses a newly developed, highly effi-

’,

New XL LIFE cassette head.

Ty

cient XL LIFE™ cassette head featuring
ultra-hard physical characteristics for
extra long life (10X normel) plus a
satin smooth surface that rasists ex-
cessive oxide build-up preventing the
need for frequent maintenance. Its ad-
vanced engineering, precisior design
and painstaking manufacturing tech-
niques contribute immensely to the
Pro Series improved specs including
an unmatched frequency range of 50
to 13KHz. For further tecainical details
and the name of your nearest 6120
dealer, call or write Telex Communica-

tions, Inc., 9600 Aldrich Ave. So., Minneapolis, MN 55420.

Up to 12 months to pay with no interest!
The entire Telex 6120 duplicator series is available with
special NO INTEREST financing through participating
Telex dealers Yes, with only 10% down and ug to 12
months to pay, you could be eligible for special NO IN-
TEREST financing. Think of it! You could pay fcr your
6120 out of the savings or income generated.

TELEX.

Call Toll Free in U.S. 800-828-6107 ¢ In Minnesota Call {612) 887-5531
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More on sound fields

In the accompanying illustration, the
relation between near and far fields is
shown in the lower legend. As stated in
the main text, when the observer is
more than about four times the longest
transducer array dimension away
from a loudspeaker, the observer is
moving into the far field. That transi-
tion point is shown by the vertical
dashed line to the left in the drawing.

The far field extends from that point
outward, and the transition region be-
tween near and far fields is strictly a
function of the dimensions of the sound
source.

The upper portion of the figure
shows the familiar relationships be-
tween the free (direct) field and the re-
verberant field. The transition region
between these two fields is shown by
the vertical dashed line to the right in
the drawing, and that region is defined
by both source directivity and room
absorption.

Most control rooms do not have a re-
verberant field, statistically speaking.
However, there can be considerable in-
direct sound from the big monitors at
the engineer’s position, by way of side-
and back-wall reflections. In some con-
trol rooms, the reflected sound may be
Just about equal in acoustical level to
the direct sound from the big monitors,
and if those monitors are large
enough, the listener might find himself
in both the near field of the loudspeak-
er and in the reflected field of the
room. Things are not always simple.
(Diagram from Beranek, Noise and Vi-
bration Control, page 141. McGrauw-
Hill, New York. 1971.)

larger, soffit-mounted monitors, but that
might not tell the whole story. Small,
close-field monitors will undoubtedly be
bass-shy compared with the larger ones,
and that will contribute to bass imbal-
ances too.

In any event, the producer and en-
gineer will gain a better idea of how their
product will sound over small sets and
auto stereo systems in the field. This is
particularly important to know, especial-
ly with regard to apparent bass and vocal
balances.

Another important aspect has to do
with the complexity of the mix. With to-
day's digital recorders, superb micro-
phones and high-resolution monitor
loudspeakers, a very complex mix can
be produced that sounds excellent over
the large monitors. But, when repro-
duced over the smaller ones, it might be-
come apparent that certain inner details
in the music have become lost, due to the
lower resolution of many small
loudspeakers.

The engineer and producer then have
the option of going back and making a
mix that is really tailored to the smaller
loudspeakers, and which will, all other

REVERBERANT
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The variation of sound-pressure level in an
enclosure along a radius r from a typical
noise source.
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factors being equal, probably sound bet-
ter on lower-resolution players used by
typical consumers.

Performance parameters for
close-field monitors

Close-field monitoring has been
around for several years, but has become
a vital link in the production chain only
in the last half decade or so. Early loud-
speakers used for the purpose were apt
to be rather choppy in response. In time,
engineers and producers demanded
smoother response, and a family of
2-way systems with 8-inch woofers were
developed by many manufacturers for
the purpose.

Among the characteristics of a good
close-field monitor are the following:
® Frequency response: Uniform from
about 70Hz to 20kHz. The response
through the midrange should be espe-
cially smooth.
® Array size: A 2-way vertical array is
preferred because the longest array di-
mension can be held to about one foot if
an 8-inch woofer is used. Under these
conditions, the engineer will be in the
transition region between the near and

far fields, and will not readily perceive
the sound as coming from both high- and
low-frequency sources.

e Sensitivity and power handling: Most
of the units in favor today have basic sen-
sitivities in the range from about 87dB to
92dB, 1W at 1m. The actual sensitivity is
not too important, as long as the model
has enough powerhandling capability—
and available amplifier power—to reach
the required levels cleanly. Tastes vary
all over the place, but a pair of close-field
monitors should be capable of reaching
levels of 95dB at the engineer’s position
with no distress.

* Dispersion: While controlled horizon-
tal dispersion is an attribute in any loud-
speaker, it is relatively unimportant in
this application, provided that the on-ax-
is response is smooth. Because the moni-
toring setup is usually optimized for one
listening position, the principal axis is
aimed at that desired location.

The vertical arraying of high- and low-
frequency elements is the preferred ori-
entation, in that it produced the most ac-
curate and stable stereo imaging. How-
ever, some engineers prefer to place
such loudspeakers on their sides, with
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the tweeters in-board. This orientation
has the disadvantage of producing re-
sponse lobing in the horizontal plane,
making the ideal listening spot very
critical.

e Time-domain response is just as impor-
tant here as in any other application. Us-
ually, there is no problem with small
bookshelf systems, since they normally
satisfy the Blauert and Laws criteria for
acceptable response group delay.

Control room installations

Close-field monitors should never ap-
pear to be an accommodation or an af-
terthought. In fact, they have become an
essential part of recording processes, and
should be implemented in a professional
manner.

A set of sliding platforms should be
made for the console meter bridge, so
that the loudspeakers can be easily locat-
ed for either engineer or producer.

Reasonable gauge wire should be se-
lected to hook them up, using profession-
al connectors. A separate amplifier to
drive the close-field monitors should be
chosen to deliver the peak power for
which the systems are rated. Be pre-

pared to replace burnt-out monitors
quickly—have a backup pair on hand.

Different models should be made avail-
able for quick changes. Always say yes
when a producer suggests something
you don't already have, and be ready to
accommodate whatever a producer or
outside engineer might bring.

Electrical switching between the close-
field and main monitors should be posi-
tive and easily done. (Some studios have
gone so far as to make sensitivity match-
es between the close-field and main mon-
itors, for the convenience of producers
and engineers who don't want to be
blown out of the room when the switch is
made to the big monitors.)

An important exception
to the rules

On-location classical recording usually
means the use of quickly installed moni-
toring set-ups in less than ideal spaces.
The monitors usually chosen for this job
are 3-way designs with a 10- or 12-inch
woofer, located at a distance of about six
or seven feet from the engineer and pro-
ducer. It is essential that both engineer
and producer perceive good imaging,

Stereo imaging with
close-field moniftors

While subjective observations will
vary considerably, most engineers
would probably agree that with large
soffit-mounted monitor sys-
tems—especially if they are of
the compression driver variety—
phantom images tend to locate
themselves slightly forward of the
plane of the loudspeakers.

Why this is perceived is not well un-
derstood, but it may have to do with
the generally up-front voicing of these
systems, as well as with visual cués—
the fact that there is a wall between the
two loudspeakers which the listener
doesn't normally want to "hear into.”

By comparison, a pair of free-stand-
ing monitors placed on the meter bridge
will often convey the illusion of loud-
speakers, again possibly because of
visual cues—the fact that there is no
wall at all.

In both cases, fore and aft localiza-
tion will be influenced by the ratio of
direct-to-reverberant sound cues in the
program mix itself.

In any event, engineers and produc-
ers will appreciate the added stereo
perspective afforded by the srnaller
monitors.

which means that horizontal off-axis re-
sponse must be quite uniform. This re-
quirement implies a vertical transducer
array.

The loudspeakers should be no farther
away from the engineer and producer
than necessary to satisfy their mutual de-
mands for good imaging. Otherwise, the
loudspeakers should be as close as possi-
ble to maximize their direct fields and
thus minimizes room reflections.

Bandwidth should extend down to at
least 35Hz for the recording of orchestral
or organ music; this usually means that
the systems will have sensitivities in the
range of 87dB to 90dB, 1W at Im. Gener-
ous amplifier power should be provided.

Because close-field monitoring is an
important step in the production chain, it
deserves more attention in implementa-
tion than most studio management per-
sonnel have traditionally given it. Too of-
ten, it is accorded the same casual treat-
ment that headphone monitoring re-
ceives—and we all know what kind of
trouble that can be! If you haven't al-
ready implemented the advice given
here, it may be time to clean up your act.
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ONE FOR ALL,

BROADCASTING CONTRACTING

Ron Estes. NBC

“This industry needs companies
like Crown. that pay attention and design
products to help solve our problems.”
The broadcast industry shares
many common needs with others in the
_ audio business, but the
(""‘~) special needs outweigh
o L the commonalities. For
N4y ENG. studio news, broad-
N cast variety and enter-
-_ tainment. broadcasters
I\ ; have special problems.,
R special needs.
--\ﬂ\) K Crown spends
oo a great deal of time
%, working with profes-
sional broadcasters at
both network and local
levels to develop specific
products that solve the
problems. meet the
needs. make sense.
That's why top audio
pros like Ron Estes of
NBC's Tonight Show
enjoys his relationship
with Crown for devel-
oping and testing new
3¢ products that are
Burbank. California specifically aimed at
helping him get the job done.
“We tested the very first of the new
Crown Hand Held mics on the show, and
quite frankly they were astounding.
"All the sonic excellence you expect
from Crown is there, the new CM™ Series
will definitely put Crown at the forefront
of the hand held market.”

“If I can pick only one mike
supplier it will be Crown — they just
always work.”

Over the last 38 years, Crown has
become known for high-technology. high
quality. reliable products. Crown micro-
phones have been used all over the world
by demanding professionals in the kinds
of conditions that really test a product's
ability to perform. Crown continues to pass
the test with flying colors. That's why a
prolessional like Tom Durell. with the
experience of 14 years in the Disnevy
organization. independent credits
such as the audio for the opening
and closing ceremonies of the .{1- -
1984 Olympic Games and full :
audio project coordination.
1986 Liberty Weekend.
chooses Crown.

“When you live by
the motto ‘'no go. no show’,
you have to depend on
reliability as well as
quality. Crown puts those
two attributes together
better than any manu-
facturer I have seen. I can '
depend on consistent,
reliable, quality per-
lormance from Crown
every time.”

Tom Durell.
Tom bBurell Enterprises, Ine.
North Hollvwood. California

crown .....onne
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FILM SOUND

“I've always enjoyed using Crown
products because of their reliability. In the
motion picture industry. down-time is
very expensive and Crown helps us keep
that toa minimum.”

In the motion picture industry
Crown has been a fixture ever since the
introduction of the legendary DC-300.
From powering the speakers behind the
screen to providing GLMs". PZMs” and
other mics. Crown has been involved in this

field for years. As in many other businesses.

there is a direct correlation between a
company's success and its ability to listen
to the pros for designing products that
meet their needs.

“Crown's accuracy and reliability
make it the natural choice where down-
time is so costly. In my job
G [ have used Crown in many
wide-ranging applications

and have never had cause
for disappointment.”

Ken Wilson.
Sound Engincer
Film Production
Hollvwood. California

LIVE SOUND

“Crown's commitment to putting
new technology to practical use has given
me products that make a real dif! ference.”

At Crown the philo-
sophy is the product must be
specifically designed to meet
the rigorous demands of
the end user.

Achieving this
design philosophy is a
matter of being innova-
tive in putting new
technologies to work.

Always searching for new
ways to gain efficiency of
performance results in \
products such as PZM".
PCC® and GLM®. Unique
and well developed to
satisfy discriminating
professionals like

David Andrews.

David’s success
and reputation in the audio
business is widely known.
his live sound produc-
tions are a standard that
others look to and his
choice of mic is Crown.

“Live sound has to be intimate and
real yet deal with the realities of gain before
feedback. temporary set-ups. less than
optimum placement, etc.

“If a microphone cannot perform

correctly [ don't need it — I can't use it.
[ have tested and utilized every mic in the
Crown line and have always been extremely
satisfied with the consistency and accuracy
of reproduction.”

-

» 9

David Andrews.
Andrews Audio
Consultants

New York. New York.

1718 W. MISHAWAKA ROAD, ELKHART, INDIANA 46517
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' The Beyer MC740 studio condenser mi-
crophone is available in two models: the
model MC740N(C), a standard 48V phan-
tom-powered version with switchable
pattern selection; and the MC740N(C/5),
which offers remotely controlled pattern
selection when used with the MSC740
power supply. The remote-controllable
version (requiring 5-conductor cables
and connectors) is intended for fixed in-
stallations in studios and concert halls,
and permits the pattern selection to be
made more conveniently in the control
room.

The microphone is supplied with the
EA-740 elastic suspension in a foam-lined
plastic carrying case. Finish on the mi-

crophone body and suspension is ano-
l dized matte black. Both are attractively
styled and elegantly assembled. The elas-
tics of the suspension mount, however,
are quite delicate for a studio model of
this size and weight, which may mean
that they could need frequent replace-
ment if the assembly is subjected to any-
thing other than the most careful han-
dling. (Fortunately, a spare set of mounts
is supplied.)

An examination of the circuit diagram,
which is included with each microphone,
revealed that a tantalum capacitor is used
in the signal path (somewhat discour-
| aged in today’s audiophile circles). Other
circuit features include the use of zero-
volt dc potentials on the exterior capsule
surfaces to minimize problems caused by
humidity and the attraction of dust parti-

Lowelt Cross is professor of music and director of
recording studios, University of lowa, lowa City, 1A,
and a regular RE/P contributor

L

Beyer MC740
Condenser Microphone

By Lowell Cross

cles, and a dc-to-dc converter to provide
internal capsule polarizing voltages that
are higher than 48V sources (DIN stan-
dard 45 596) supply.

Like certain other expensive German
studio models, the MC740 offers five pol-
ar patterns: omnidirectional, “wide” car-
dioid, standard cardioid, hypercardioid
and bidirectional figure-eight. The
MC740 also has a switchable 10dB atten-
uator pad and, according to Beyer, al-
lows uses up to 144dB SPL while main-
taining less than 0.5% total harmonic dis-
tortion. There are two low-frequency
rolloff characteristics (- 3dB at 80Hz or
160Hz), in addition to the “flat” response
setting. Optional accessories include a
choice of wind or pop screens (not in-
cluded with the pair sent for evaluation)
and the usual complement of cables and
power supplies. For our evaluations, the
mics were 48V powered from the school’s
Neve console, an arrangement that
worked properly without complications.

We evaluated the stereo pair of
MC740s in the recording of a contempo-
rary jazz group in a close-mic studio ses-
sion and in the recording of orchestral
music in a reverberant concert hall.

Evaluation sessions

To maintain uniformity with our previ-
ous evaluations, the microphones were
first compared to our reference micro-
phones during the Dec. 10, 1986, record-
ing of a concert by the University Sym-
phony Orchestra and Choral Groups in
the University of lowa's 2,600-seat
Hancher Auditorium.

The cluster of microphones was su-
| spended 13 feet above the stage, 10 feet

downstage from the conductor’s podium,
which was on the center line of the audi-
torium. Our own 5-pattern German ref-
erence microphones were set up as a
near-coincident cardioid pair, 7 inches
each at a 45° angle to the center line.
The MC740s were angled in the same
manner, immediately adjacent to the re-
spective left and right microphones of
the reference pair, and required a slight-
ly wider spacing of 14 inches. All of the
four microphones were set for the stan-
dard cardioid pattern.

In the center of this arrangement was
our other reference unit, the well-known
ambisonic microphone. Both its B-for-
mat and stereo outputs were used; the
latter was adjusted to yield the equiva-
lent of two coincident cardioid patterns
but with a somewhat wider angle than
90°.

The audible differences between the
near-coincident cardioids and the coinci-
dent stereo output of the ambisonic mi-
crophone prompted this change. Our in-
tention was to concentrate on micro-
phone quality rather than stereo quality;
we minimized the differences in stereo
quality by widening the stereo spread of
the ambisonic microphone.
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Audio Transformers

Choose from a wide variety of types and packages
Computer optimized design
100% tested — consistent quality
Low distortion

Wide bandwidth L
Minimum transient distortion (overshoot & ringing) S - JE.16A
kHz S
INPUT TRANSFORMERS AND SPECIAL TYPES 2 kHz Sauare Wave
20z Typical THD Froquency Band- | 20kHz Number
impodance | Trns | Max | Below Sateration Response Width? | Phese | Over- | Neise |Magmetic | of PRICES
Ratlo | Ratio | lapet (%) (@ rel. 1hHr) | -348 |Response | Sheot | Figurs | Shicid* [Foraday!
Model Apslication | PriSec |Pri:Sec |Level | 20%2/1kz WH/20kiz  [@(kity) | (dogrees) | (%) | (d8) | (88) [ Swioies |Package® | 1-19 [108-200| 1000
MICROPHONE INPUT
JE-16-A Mic in for ) , L B _ A=1 | 75.42 | 49.87 | 34.40
168 990 opamp | 150600 | 12 | +8 0.036/0.003 | —0.08/ —0.05| 230 8 | <1 |17 30 1 B2 | 8280 5481|3781
JE-13K7-A | Mic in for ) ) A=1 | 7542 | 49.87 | 34.40
JEV3K7B  |9900ric. |150-3750 | 1:5 | +8 | 0.036/0.003 009/ 021 8 | -19 | <2 |23 | -30 1 B_2 | 82589 | 5481|3781
» | JE-115K-E f‘(';c'.;'pi,%p 150-15K | 1:10 | -6 | 0.170/0.010 | -0.50/+0.10| 100 | -16 | <7 | 1.5 | -30 1 3 | 54.81| 36.24 | 28.39
LINE INPUT
JE-11P-9 _ |Linein T5K-15K | 11 | +26] 0.025/0.003 | —0.03/-0.30] 52 | -28 | <3 | -30 1 1 [122.22 ] 80.82 | 55.75
JE-11P-1 Line in 15K-15K | 11 | +17 | 0.045/0.003 [ -0.03/ -0.25| 85 23 [ <1 30 1 3 | 52.32 | 34.59 [ 27.10
JE-6110K-B | Linein 36K-2200 | ,. B ] B B-1 | 73.95| 48.90 | 35.88
JE.6110K.BB | bridging | (10k-600) | 41 | +24 | 0.005/0.002 | -002/-009) 125 | -12 | < 3 | ' |gp-2 |8559 | 56.59 | 39.04
Line in 30K-1800 | . :
JEAOKB-C | pridoing | (10K-600) | 4" +19| 0.033/0.003 | -0.11/-008| 160 | -9 | <2 -30 1 3 |53.17] 35.16 | 2453
Line in/ 600/150- 11 , q
JE-11SSP-8M| o0t o |800/150 | spii +22| 0.035/0.003 | -0.03/ 000|120 | -9 |<35 .30 1 4 (19463 |128.69 | 88.78
Linein/  |600/150- | 1:1 ‘ B
JE-11SSP-6M| rercat coil |600/150 | spii +17 | 0.035/0.003 | -0.25/-0.00| 160 | -5 <3 30 1 5 98.39 | 65.06 | 44.88
SPECIALTYPES
JE-MB-C rzr;réasy;:lit 150-150 | 11 | +1 | 0.050/0.003 |-0.16/-0.13[ 100 | —12 | <1 30 2 3 | 4485|2965 23.24
3-way? 150-150- | 4., P ~
JE-MB-D mic split | 150 1:1:1 | +2 | 0.044/0.003 | -0.14/ -0.16 | 100 12 | < 30 3 3 76.19 | 50.37 | 39.42
4-way? 150-150- |4.q.1- / - ) 2 =
JE-MB-E micsplit | 150130 |11 | +10 0.050/0.002 | ~0.10/ -1.00| 40 18 | <1 30 4 1 |114.40 | 75.64 | 52.18
JE-DB-E %,“’;“lig"," 20K-150 | 12:1 | +19 | 0.096/0.005 | —0.20/-0.20| 80 18 | <1 -3 | 2 6 |54.56 | 36.07 | 28.23
1. (dBu) Max input level = 1% THD; dBu = dBv ref. 0.775 V PACKAGE DIMENSIONS: w L H
2. With recommended secondary termination 1 = 1%¢" Diam. x 1%6"
3. Specifications shown are for max. number of secondaries 2 = 1% x 1%e X 1%”
terminated in 1000 ohm (typical mic preamp) 3 = 1%" Diam. x 16"
4. Separate lead supplied for case and for each faraday shield 4 =1%" x 1% 2% w/ solder terminals
5. Except as noted, above transformers are cased in 80% 5 = 1%" Diam. x 1%"
nickel mu-metal cans with wire leads. 6 = 1%" Diam. x %"
NICKEL CORE OUTPUT TRANSFORMERS®
Nominal 201z Max Ovipet (80002 |  OC Typical THO [p—— Band- | 20z
Impedance | Turns Level? Lead |Resistance | Below Saturation Responss Width Phass | Over- PRICES
Ratie | Ratio acress ()| Loss | per (%) (Bref. 1kdtz) | —3dB |Respenss |Sheot
Model  |Conswuetion| Pri-sec [PriSec| (¢Bu) windings| (08) | Winding | 20t/ | 20t/20ku | @ (kitr) | (degeees) | (%) [Packege | 1-19 [100-249| 1000
JE-11-BMCF Sl |600-600 | 1:1 | 426 1 |-11] 400 |0.002/0002 |-002/ 0.00[>10MHz| -0.0 |<19| 7 |81.55353.92| 37.76
JE-11-DMCF g},’l}f’mcke, 600-600 | 1:1 | +21 1 |-10!| 380 |0004/0002 |-002/-0.00]>10MHz| -00 |<1°| 8 |56.32]|37.24| 2569
~|600-600 | 11 , >450 | -1.9
JE-123-BLCF | Quadfilar | 350 gag | 1:p | +32 2 11| 200 |0.041/0.003 |-0.02/-0.01| 770’ | “4g | <1 | 7 |73.85|43.14| 29.76
Bifilar 600-600 | 1:1 , >10MHz| -0.0
JENSSDLCF | e |150-600 | 12 |+ 2 10| 190 |0065/0.003 |-0.02/-0.01| % 7| "5 |<1°| 8 |53.62|3545] 24.46
JE-11-ELCF_|Bifilar 600600 | 11 | +235 ] 1 |—-1.1]| 400 | 0.088/0.003 | -0.03/ —000[>10MHz| -00 [<1° | 9 [36.36|24.04] 16.59
JE-11-FLCF_|Bifilar 600-600 | 111 | +204 | 1 161 58 | 0.114/0.003 | 0.03/ —0.00|>10MHz| -0.0 [<1° [ 10 [27.36|18.09| 1248
~ — 1600-600 | 11 ) >450 1.2
JE-112-LCF |Quadfilar (350800 | i [+204 | 2 [-16| 290 |0.114/0.003 |-0.03/ 0.01] o8 | a3 |<1*| 10 |32.80 | 21.69| 14.9
JE-123-ALCF | Quadfilar 66.7-600] 1:3 [ +26.5 [ 3 13| 80 | 0125/0.003 |-004 +006| 190 | —46 |<65 | 8 [50.9633.69 | 23.24
Bifilar w/ 600-600 | 1:1 -0.02/ +0.01 [>10MHz| +1.1
JENSLCF | idon |150.600 | 12 | *30 1(sec)[-1.7| 630 |0.058/0.002 |~ 505, Zo'os| 155 4y |<1®| & |50.96 3369 23.24

6. Multifilar construction has no faraday shield: cannot be used as PACKAGE DIMENSIONS: w L H Mounting Canters
input transformer. All specifications are for 0 () source, 600 (} load. ) " .

7. Max output fevel = 1% THD; dBu = dBv ref. 0.775 V 7= 1%" x 25he" X 11906 2%
8. Source amplifier —3dB @ 100 kHz 8 = 1?/|I§ x 1:‘%5” x 1%" 2%
9. Source amplifier —3dB (« 200 kHz 9= 1‘/5 X 17/|§ X A% o .
10. Output transformers are horizontal channel frame type with wire leads, 10 = 1%6" x 1%46" x 1% 1%

vertical channel frames available. PC types available.

* IMPROVED PERFORMANCE These charts include the mast popuiar types which are usually

available from stock. Many other types are available from stock

- or custom designs for OEM orders of 100 pieces or more can be
len seén tra nSformers made to order. Certified computer testing is available for OEM
INCORPORATED orders. Call or write for applications assistance and/or detailed

data sheets on individual models.

10735 Burbank Boulevard < North Hollywood, California 91601 X . .
(213) 876-0059 - TELEX via WUI 6502919207 MCI UW Prices shown are effective 9/15/86 and are subject to change without notice.
Ci I Fridays, visitors by appoint t only. Packing, shipping. and applicable sales taxes additional.
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Figure 1. Frequency response curves of the MC740's five switchable polar patterns. It should be
noted that this data has been taken from the manufacturer's product literature, and has not
been verified by the article’s author or RE/P staff.

Input-gain settings on the Neve model
5315/24 console were 45dB for both the
reference pair and the MC740s. The set-
tings were 0dB for the ambisonic sys-
tem, which has line-level outputs plus
separate gain and fader settings on its
control unit. However, there was a no-
ticeable level difference between the two
Beyers; serial number 015097, our left-
channel unit, has 2dB to 3dB less output
than serial number 015029.

We listened to the ambient back-
ground noise of the quiet, empty concert
hall after completing the installation. The
hall's air-handling system, which has
been measured in the NC15 to 20 range,
completely masked the self-noise from
any of the five microphones.

The concert was recorded at 15ips on-
to 2-inch 3M 226 mastering tape, using
several channels of a Studer A80/VU-
24C MKIIl equipped with ANT telcom
noise reduction. Tracks 3 through 6 com-
prised the B-Format outputs of the Ambi-
sonic microphone; 13 and 14, its post-
matrix stereo outputs; 15 and 16, the two
MC740s; and 17 and 18, our German ref-
erence microphones. Console outputs
were configured so that monitoring over

the four K+H model 092 loudspeakers
could be accomplished “live” in all cases.
We could conveniently switch among
the three stereo outputs, as well as a de-
coded surround-sound (4-channel) out-
put, without disturbing the recording
process.

These monitoring techniques enabled
us to make direct comparisons without
resorting to playback via the tape medi-
um. However, the “listening panel” of
studio engineers—Peter Nothnagle, Dav-
id Muller and I—spent some time a few
days later comparing the three micro-
phones from the multitrack recording.

In this part of the evaluation, the
MC740s sounded very similar to the
more expensive reference pair. The prin-
cipal differences were in the upper mid-
range and high-frequency regions, as is
usually the case with various brands of
high-quality condenser microphones. By
comparison, the MC740s had slightly
more HF output above 5kHz. It would be
practically impossible to describe the dif-
ferences in the mid- and low-frequency
parts of the spectrum, which were excel-
lently reproduced by all of the
microphones.

Technical Specifications
Transducer type: condenser,
ﬂrﬂh’ principle: pressure gradi-

Frequency range: 40Hz-20kHz,
Polar pattern: suxichable, omni, wide
cardioid, cardioid, hyper-cardioid and
figure-eight.

Open circuil voltage at 1kHz: 10
Mu/Pa

Output level: —40dB (048 A |

mW/Pa).

EIA sensitivity rating: - 133dBm

{0dBm & | mW:2 x 10-5 Paj.

Nominal output impedance: 15061

Load impedance: = [0

Maximum SPL for THD<0.5%:

13448 (14448 w/attenuation),

Weighted nolse voltage: 3.2mul,

57N ratio: TOHE,

A weighted equiv. SPL: approx.

I7dB,

Bass attenuation: —3dB ar 807 160Hz

{switchatbile)

Phantom power: 48V {+4V1,

Curvent consumption: | 4mV.

Net weight (Tess cable): 13.5 oz.
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The stereo output of the ambisonic mi-
crophone was perceptibly “brighter” by
a small, but obvious amount, when com-
pared to both of the two near-coincident
cardioid pairs.

All three systems produced stereo re-
cordings of satisfying musical quality.
Members of our listening panel agreed
that the MC740s compared favorably to
both of our reference units. And, in my
opinion, they can be recommended with-
out reservation for cardioid-pattern ster-
eo applications in concert recordings.

Jazz recordings

On Dec. 15, 1986, we recorded a jazz
ensemble as a class project for University
of lowa recording students. The MC740s
were compared to other well-known mi-
crophones in a close-mic studio setting.
The group, organized by Ed Sarath, con-
sisted of piano, bass (electric as well as
amplified upright acoustic), a conven-
tional drum set, Sarath on fluegelhorn
and vocalist Sue Werner.

The first number recorded, Sarath’s
own composition “Desert Song,” was en-
tirely instrumental. We compared the
MC740s (cardioid pattern), as used over
the drum set, to a pair of miniature fixed-
cardioid German condenser units. These
two near-coincident arrangements were
positioned as identically as possible for
this part of the evaluation and were as-
signed to four channels of our A80
24-track. They were operated at 15ips
with 3M 226 tape and telcom noise re-
duction. Other tape tracks were occupied
with various mics used on the kick drum,
bass amp, piano, Sarath’s solos and as an
overall MS stereo pickup.

Recording Engineer/Producer August 1987




Omni (+ 2 5 dB)

Fiqure-Exght (+ 2 5 dB)

Hyper-Cardiod (+ 2.5 dB)

Figure 2. Polar frequency response curves for the MC740's five switchable polar patterns, ex-
tracted from manufacturer’s product literature.

Then we recorded Sarath’s arrange-
ment of the classic swing tune, “Green
Dolphin Street,” in which his and vocalist
Sue Werner's solos were featured. To
learn how the MC740s performed with a
brass instrument and vocals, a setup
change was made: one of the MC740s
was suspended immediately above a
large-diaphragm, 3-pattern German stu-
dio model, a type frequently used for re-
cording solos in multitrack sessions.

The latter microphone and the MC740
each fed separate tracks so that A-B com-
parisons could be made easily. The vo-
calist was within one foot of the two
units; the bell of the fluegelhorn was
slightly angled away from the capsules
and maintained at a distance of about
three feet. No low-frequency rolloff or at-
tenuation switches were activated on
either microphone; which were both set
for cardioid patterns.

As in the concert recording, monitor-
ing of the pertinent channels in the jazz
session was accomplished both live and
during subsequent playback of the multi-
track tape. We discovered that the
MC740s have a distinctive “high-end
rise” when used in a close studio situa-

tion. Their brightness, in comparison to
the other microphones, confirms infor-
mation in the mic’s brochure, including
the cardioid frequency response curve.
In all other respects, the drum set, brass
and vocals were easily recorded by the
MC740s, which provided clear and
sharply detailed reproduction.

An inquiry about the published fre-
quency response curves, shown in Figure
1, brought the following response from
the factory in Germany: “...this measure-
ment has been made under particular cir-
cumstances, namely 1m distant from the
sound source in a plane wave [anechoic
chamber]. The frequency response in the
diffuse sound field which is not pub-
lished, is decisive, as it also takes into
consideration the other wave angles.”

This information combined with our
perception of relative high-frequency
uniformity in the concert recording—less
brightness or “high end rise”—could sug-
gest that the diffuse-field (distant or re-
verberant) and free-field (close or an-
echoic) frequency response curves for
the MC740’s cardioid pattern may be-
come different at frequencies above
5kHz. In this sense, the cardioid setting

of the microphone, shown in Figure 2,
has similar high-frequency characteris-
tics to a pressure transducer (omni).

These properties will not be detrimen-
tal to the effectiveness of the MC740 in
many cardioid applications; they simply
indicate that the microphone will sound
brighter when it is used closer. On the
other hand, it is important to keep in
mind that the most accurate directional
microphones have nearly, identical HF
response curves in both the diffuse and
free fields.

The Beyer MC740 is an excellent multi-
pattern studio microphone, and has a
price range between its Austrian and
German competition. As a concert hall
microphone, it exhibits a smooth, wide-
range response, with virtually no self-
noise, distortion or unpleasant colora-
tions. When used in close-mic studio re-
cording, its cardioid pattern offers a char-
acteristic brightness reminiscent of many
of the large-diaphragm condenser mod-
els of the recent past. Engineers who are
interested in investing in a microphone
that combines these elements should
give the MC740 serious consideration.
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Evaluating Low-Frequency
Driver Performance

By Clifford A. Henrickson

When selecting an LF transducer for live-sound
applications, there may be more to look for in the performance
specifications than a large coil diameter.

GAP AREA
Q%ﬂﬂg?”
~f |~

!

MAGNETkﬁWQQ’

r

Figure 1. Cross section of a typical low-frequency driver. Between 0.6-inch and 0.9-inch of
magnelic structure can support 0.05-inch to 0.65-inch of air in the gap space.

Why various manufacturers adopted
specific coil sizes for low-frequency
drivers is a mystery. Whatever the ar-
bitrary reasons, manufacturers have re-
tained certain coil sizes from the begin-
ning and made them work within their
respective manufacturing systems.
Choosing a given company’s product,
especially woofers, usually means choos-
ing a coil size and choice of a resulting
engineering and design philosophy.

Magnet and air gap sizes
Loudspeakers intended for a given use
in a market area tend to be cost-
competitive. For this to be true, the

Clifford Henricksen is a consultant with U.S. Sound,
Tuckerton, NJ.

(relatively expensive) magnet and mag-
netic circuit parts must be similar in cost.
Magnet thickness is typically the same in
most comparable products; %-inch to
-inch, which is about the practical
thickness limit imposed by the manufac-
turing process used to make ferrite mag-
nets, now an industry standard. This be-
ing true, the magnetic voltage or mag-
netomotive force (measured in oersteds
or ampturns) provided by these magnets
is a relative constant. As a result, the
magnetic gap spacing or length of gap
that can be supported by the magnet
force must be fixed, usually at about
0.050 to 0.065 of an inch (Figure 1).
Making the air gap substantially wider
or narrower than this will change the
magnetic bias or operating point of the

magnet and will give an unacceptably
wasteful use of the magnet. Table 1 lists
the quoted efficiency, sensitivity and
motor strength for nine representative
low-frequency drivers.

The other aspect of the magnet's
operating point is the flux density
through it, which must be a certain value
(about 2.2kG [kilogauss] for ferrite is op-
timum). For the same size magnet and in-
tended efficiency, the larger coil
diameter must have a shorter gap height
to maintain the same flux density in the
gap and in the magnet (Figure 2).

The consequence is that gap volume
tends to be a constant for competing,
similar-performing products. This is the
same as saying that the product of coil
volume or mass and flux density is con-
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The Power of
Automated Equalization.

An EQ should be more than a passive tone
control. It should be a dynamic part of your
sound. With instant access to vour favorite in-
strument and vocal EQ curves.

The EQ that keeps up with technology.
ADA introduces the MQ-1 Programmuble 2/3
Octave Stereo Equalizer. 1t remembers 99 of
vour favorite EQ curves—in stereo. It
harnesses the power of MIDI for added con-
trol and expandability. And it provides un
compromised audio performance, exceeding
the demands of digital recording,

Automated equalization.

Automate vour recording sessions by storing

different EQ settings for each client. Or store

10 drum curves in bank 1. 10 vocal curves in
bank 2. All instantly accessible.

Digital control.

Our MIDI System Exclusive software allows
personal computer control of your MQ-1. You
can remotely change program parameters or
slave multiple MQ-1's. Plus the MQ-1 is the
first signal processor to offer MIDI Time Code
(MTC). Svnc the MQ-1 to a SMPTE-to-MIDI
converter to cue program or parameter
changes with no time lag.

Eq as an instrument.

If vou play kevboards vou can create a dif-
ferent EQ for each patch. Expand vour tonal
range. Control volume levels. Directly from
vour kevboard or remotely with the optional
MC-1 MIDI Footcontroller.

The MQ-1's Interleaved Constant-Q filter design
minimizes sideband frequency interaction and
maintains filter bandwidth at all settings.
unlike conventional graphic EQ designs.

Add to that low-noise, high slew rate op-amps
to minimize distortion, battery backed
memory, LED intensity indicators for a visual
indication of the EQ curve, and a front panel
security lock-out system which prevents ac
cidental tampering of vour settings during
transport and set-up.

Experience the power of automated stereo
equalization with ADA's MQ-1. At pro audio
dealers now.

ADA SIGNAL PROCESSORS

JUR™.ADA 303D Edgesater Denve Okl CA (413032 1823 (Rin)) 241 RRXR
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BEYER RIBBON MICROPHONES AND

THE DYNAMIC DECISION



rHE DIGITAL RECORDING PROCESS

Digital technology
holds forth the promise
of theoretical perfection
in the art of recording.

The intrinsic accuracy of the
digital system means any recorded
“event”’ can be captured in its
totality, exactly as it happened.

Naturally, the ultimate success of
digital hinges on the integrity of the
engineer and the recording process.
But it also depends on the correct
choice and placement of microphones,
quite possibly the most critical ele-
ment in the recording chain. This can
make the difference between recording
any generic instrument and a particu-
lar instrument played by a specific
musician at a certain point in time.

The exactitude of digital recording
presents the recordist with a new set
of problems, however. The sonic
potential of total accuracy throughout
the extended frequency range results
in a faithful, almost unforgiving,
recording with no “‘masks’” or the
noise caused by normal analog
deterioration. As digital recording
evolves, it places more exacting
demands on microphones.

Ribbon microphones are a
natural match for digital because
they are sensitive and definitively
accurate. The warm, natural sound
characteristic of a ribbon mic acts as
the ideal ""humanizing” element to
enhance the technically perfect
sound of digital.

Beyer ribbon mics become an even
more logical component of digital
recording due to an exceptional tran-
sient response capable of capturing all
of the nuances and dynamic shifts
that distinguish a particular per-
formance without the self-generated
noise and strident sound generally

attributed to condenser mics.

Beyer is committed to the
concept of ribbon micro-
phones. We manufacture
a full range of ribbon mics for
every vocal and musical
instriment application.

The Beyer M 260 typifies
the smoothness and accuracy
of a ribbon and can be used in
stereo pairs fora “live '
ambient recording situation to
record brass and stringed in- |

I

- —=Tw»

The range of Beyer ribbon microphones.
From left to right: M 500, M 160, M 260, M 130

struments with what musicians
listening to a playback of their
performance have termed *frighten-
ing"" accuracy.

Because of its essential double-
ribbon element design, the Beyer M
160 has the frequency response and
sensitive, transparent sound charac-
teristic of ribbons. This allows it to
faithfully capture the sound of
stringed instruments and piano, both
of which have traditionally presented
a challenge to the engineer bent on
accurate reproduction. Axis markers
on the mic indicate the direction of
maximum and minimum pickup.
This allows the M 160 to be used as a
focused ““camera lens’” vis a vis the
source for maximum control over the
sound field and noise rejection.

Epitomizing the warm, detailed
sound of ribbon mics, the Beyer
M 500 can enhance a vocal perform-
ance and capture the fast transients
of "plucked” stringed instruments
and embouchure brass. Its diminutive,
durable ribbon element can also
withstand extremely high sound
pressure levels.

The Beyer M 130's bi-directional
pattern enables the engineer to derive
maximum ambience along with
clean, uncolored noise suppression.
Tiwo M 130s correctly positioned in
relationship to each other and the
source can be used as part of the
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Mid-Side miking technique. The
outputs from the array can be
separated and “phase-combined” via
a matrix of transformers to enable the

most honest
spatial and
perceptual
stereo imaging
— sound the
way we hear it
with both

ears in rela-
tionship to the
source.

Given the high price of critical
hardware used in digital record-
ing, the relative price of micro-
phones is nominal. Realizing that
microphones are the critical sound
““source point,”’ no professional can
allow himself the luxury of superficial
judgements in this area. Especially
when one considers the value of on-
going experimentation with miking
techniques. For this reason, we invite
you to acquaint yourselves with the
possibilities of employing Beyer ribbon
technology to enhance the acknowl-
edged “perfection” of digital recording
technology.

Beyer Dynamic, Inc.,
5-05 Burns Avenue, Hicksuille,
New York 11801

beyerdynamic))))
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Table 1. Comparison of size, efficiency and motor strength (BL) for representative low-
frequency drwers.

Motor
strength
Size Efficiency dB/SPL BL* in
Model (inches) (%) (1W, 1m) teslameter

A 15 8.7 101.0 223
B 15 6.2 100.1 18.0
C 15 35 97.6 23.0
D 15 5.0 99.2 22.5
E 15 1.3 93.3 20.5
F 15 2.7 96.5 24.5
G 18 2.1 954 21.0
H 18 29 96.8 245
1 18 5.0 99.2 25.0

*BL is the product of the flux density, B, times the length of the voice coil in the gap, L.

Table 2. Comparison of magnetic assemblies for units listed in Table .

Maximum

*Peak excursion

Top plate Voice coil Area of excursion rated at

thickness length coll in coll stillin  10% THD

Model (inches) (inches) gap (ind) gap (inches)
£ 0.35 0.28 3.51 0.035 0.12
B 0.43 0.42 3.38 0.005 0.13
C 0.28 0.630 3.51 0.175 0.20
D 0.43 0.60 3.38 0.085 0.16
E 0.28 0.75 3.51 0.235 0.33
F 0.43 0.80 3.38 0.185 0.22

G 0.35 0.96 4.39 0.305 0.375 -
H 0.43 0.80 3.38 0.185 0.22
| 0.35 0.75 4.39 0.20 0.22

Note that this table considers only the mechanical relationships and does not ac-
count for fringing flux.

*The peak excursion is defined as the absolute value of the difference between the
voice coil length and the top plate thickness divided by two.

stant between the larger and smaller
coil, because the volume of air in the air
gap must remain approximately constant
(Figure 3).

There are possible problems when us-
ing a larger coil, based on flux leakage.
The larger coil expands more radially
when it heats up and is harder to keep
round. Therefore, clearances, especially
between the top plate and coil outer
diameter, must be a bit more generous
for the larger coil.

This results in slightly more magnetic
waste needed for large-coil gap clear-
ances. A larger gap diameter will lead to
more flux leakage or waste, in total
magnetic lines. The shorter gap height
leads to a magnetically less advan-

tageous gap aspect ratio, which pro-
motes more leakage. Also, for the same
gap flux density, the larger perimeter
yields a proportionally larger total
leakage. This is of greater importance to
high-efficiency, high-flux density designs.

Because the air gap diameter is larger,
the hole for the pole piece through the
center of the magnet is larger, thereby
requiring the outside diameter of the
magnet to be larger to maintain the same
cross-section area of magnet (Figure 4).
This in turn leads to even more flux
leakage: in this case, around the
magnet's outer perimeter. Again, the
leakage is proportional to the magnet
diameter. It leads to an even larger
magnet diameter being necessary to

achieve the same motor strength. The
conclusion is that a bigger coil requires a
heavier magnet for the same magnetic
performance.

Extended-coil designs

The previous discussion is true if you
require the same gap energy and mass of
conductor in that gap. As power is ap-
plied to the speaker at low frequencies,
the coil/diaphragm assembly begins to
move and the coil moves out of the air
gap. When the coil leaves the gap, there
is no more magnet to push against and
we reach a point similar to hard clip in
amplifiers, only in this case the power
supply rails are magnetic.

If we want the speaker to operate at

Recording Engineer/Producer August 1987




high excursions, our best approach is to | (2,200 LINES/cm? IS OPTIMUM)

make the coil longer than the gap; the

popular overhung coil. The longer we —_—

extend the coil, the greater the passive POLE | e ﬁ-}

proportion of the coil that is out of the ‘ IP'ECE |I .'rﬁy.-"r «~MAGNET
gap. Therefore, the greater the extra dc [ [l

resistance there will be to degrade the ——=8JF
motor strength, which is inversely pro- — - =
portional to dc resistance. This extra dc
resistance is, of course, directly propor-
tional to coil diameter.

For the same magnetic excursion

Figure 2. Fartial cross section of a lou-

frequency driver showing the magnetic lines

|‘ of force generated by a tvpical configuration.
D. — {

linearity, the larger coil naturally needs [
more motor strength to compensate for TOP PLATE J . TOP PLATE
the extra resistance of the passive por- POLE [
tion of the core. In commercial loud- MAGNET PIECE MAGNET
speakers, larger-coil designs tend to have |
larger magnets for the same overall I BACK | PLATE I
operating characteristics for all the pre-
vious reasons. Therefore, for equivalent- SMALL COIL | __| h,

. . ) )
performance, cost-competitive designs, I Figure 3. Cross section showing small {TOF’ PLATE
larger-coil extended-excursion woofers | diwmeter coice coil design. |TOP PLATE d)
need larger magnets. (See Table 2.) | POLE .

MAGNET PIECE MAGNET

Heat transfer

Heat transfer and the amount of [ BACK IPLATE I
heating of a voice coil is controlled by a
thin film of air hetween the coil surfaces

and the magnetic circuit; the pole piece LARGE COIL
and the top plate. The effectiveness of . Figure 4. Cross section showing large
this air film can be determined by the diameter voice coil design.

Stands For
All I_\_I_I_ic_:_l_'qp__hﬂe Applications

=S Whether the application is for stage, studio, pulpit, lectern, dais,
dispatcher’s console, switchboard, lecture hall, conference
room, bandstand or announcer’s table, ATLAS/SOUNDOLIER
has the microphone stands, adaptors and accessories to
enhance any presentation.

Our complete selection offers more than fifty individual models
¢ Option of manual and automatic wear-proof clutches ¢ Choice
of chrome or non-reflecting ebony finish ¢ Broadcast quality
stands e Horizontal boom attachments ¢ Table and desk models
¢ Loudspeaker stands ¢ Miking stands for musical instruments
e Equipment cabinets for touring performers.

PRODUCT AVAILABILITY: Eight regional warehouses to serve
you or your customers.

- PROVEN QUALITY: US. craftsmanship by ATLAS/
= ’ = L " F,. SOUNDOLIER . . .the world's standard for over half a century.

A P For your best value, contact us today.

| d DIVISION OF AMERICAN TRADING AND PRODUCTION CORPORATION
1859 INTERTECH DRIVE ¢ FENTON, MISSOURI 63026 USA  (314) 349-3110 * TWX 910-760-1650 5
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Figure 5. The 100W thermal compression curves for low-fre-

quency driver E. Representing IW at 20dB, 1.5% efficient

15-inch long-excursion woofer with 4-inch diameter coil.
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Figure 7. The 100W thermal compression curves for driver G.
Represented by 1W at 20dB, 2.5% efficient, 15-inch long-excur-
sion woofer with a 14-inch diameter coil.
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Figure 6. The 100W thermal compression curves for driver F.
Represented by IW at 20dB, 2.7% efficient, 15-inch, long-excur-
sion woofer with 2%-inch diameter coil.
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Figure 8. The 100W thermal compression curves for driver D.
Represented by IW at 20dB, 5% efficient, 15-inch, medium-ex-
cursion woofer with 2%-inch diameter coil.
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Figure 9. The 100W thermal compression curves for driver A.
Represented by IW at 20dB, 8% efficient, 15-inch, short-excur-
sion woofer with 4-inch diameter coil.
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= INDICATES
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Figure 10. A cross section of the area around
the voice coil showing the undercut pole piece
configuration that would probably provide
the least thermal protection to the coil.
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Figure 11. A cross section showing the area
around the voice coil and the solid pole piece
configuration. This design permits the top of
the coil to heat up substantially.
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Figure 12, The voice coil area from a propri-
etary design shows the thermal inductive ring
(TIR) and flux demodulating device (FDD).

same method we use to determine the dc
resistance of wire. Thermal resistance is
directly proportional to surface area, in-
versely proportional to the air spacing.
Thus, large surface areas and tight air
gaps contribute favorably to voice-coil
cooling in the gap area.

Thermal resistance can be calculated
by the following equations:

e R, = L/AK;
where
¢ L = thickness or length of air path;
e A = area of air path; and
¢ K = thermal conductivity of air.

In high-efficiency designs where coil
length is equal to gap length (equal-
height coil), the surface areas of the gap
surfaces tend to be equivalent for
equal competing products: larger diam-

eter coils are shorter and vice versa. This
surface area directly determines the heat
transfer coefficient thermal resistance
(°C/watt) of the coil. Thus, for commer-
cially competing designs using high-
efficiency, equal-height coils, heating is
equivalent per watt of input.

For high-excursion. extended-coil
designs, larger diameter coils will not
have proportionately larger heat-
radiating surface areas, because the air
gaps are disproportionate in size. For a
given coil length overhang. the heat-

transferring gap areas are about the
same, thus the larger-diameter coil will
have a greater portion of its length out-
side the gap.

Because the air gap controls all heat
Iransfer, larger-diameter coils may ac-
tually heat up more, but certainly not
less. [For an opposing viewpoint. refer to
the accompanying sidebar—Editor.] True,
a larger diameter coil for the same excur-
sion will have more total surface area,
but not necessarily for heat transfer.

So far we have seen that for competing

Found, The Missing Link.
Gauss Coaxial Monitors

it's a well known fact that loudspeakers are the
missing link in studio, post production and brcad-
cast facilties” audio chain. The accepted cniteria for
ideal speakers are: balanced. phase-coherent ar
time aligned, and with as :ittle color as possib e.

Gauss Coaxial Monitors let you hear it all, even the
mistakes. .. without adding color. These time coher-
ent monitors provide an extremely stable stereo
1mage.so you know exactly what you're mixing. And.
if you're mixing digital sound. they offer the cleanest
reproduction you've ever heard. ..
with no high-end harshness. And,
with 400 watts of power handling.
a4 you'll hear all the dynamics.

If you're upgrading for better sound.
be sure to include Gauss coaxial
monitors in your plans. Yaur choice
of 127 or 15 Remember, if you
can't hear the mistakes, they end

up in your finished product. Let
your speakers be the strongest link!

Call us today for the name of your
nearest dealer or rep S0 you can
arrange a demonstration

Sound Ideas for fomorrow Today*
Gauss

2137875 1900 Telex 194989
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designs, coil size is not necessarily a fac-
tor in determining heating of the coil. We
will also see that the high-efficiency
designs, which have light, equal-height
coils with actively small surface areas,
tend to have higher thermal compression
than lower-efficiency, long-throw
designs. Figures 5 to 9 demonstrate this
phenomenon.

Figure 5 is a 1.5% efficient long-throw
woofer for our 100W compression
curves, 20dB subtracted from the 100W
curve, which shows about 1dB of com-
pression overall.

Figure 6 shows a 2.7% efficient loud-
speaker. It compresses about the same as
the unit shown in Figure 7, which is
about 3% efficient. The woofer shown in
Figure 8 has about 1.5dB to 2dB com-
pression and is about 5% efficient.

Lastly, the unit shown in Figure 9 is a
very efficient speaker and compresses
the most on the slow-sine sweep test.
The latter has a light coil and high gap
flux; typical for high-efficiency designs.

The conclusion is that high-efficiency
limited-excursion designs have light coils
and low surface area and tend to com-
press the most. The reverse is true for in-
efficient, high-excursion designs. This is
relatively independent of voice-coil
diameter.

Total thermal engineering

We have seen that the air gap spacing
between the coil's inner and outer sur-
faces and the area of magnetic paths, in
the vicinity of the coil only, determine
the cooling of the coil. There are few ex-
perienced sound reinforcement practi-
tioners who will not tell you that the ex-
posed or passive part of the coil is the
weakest thermal link. Overpowered,
long-coil woofers are always burned or
charred in this exposed region.

The actual configuration of the coil and
air gap area can have a great bearing on
this. Figure 10 shows a configuration us-
ing a stepped pole, which provides the
minimum heat transfer area to the coil.
Both the upper and lower portions of the
coil are exposed or have no direct heat
transfer path. Figure 11 shows a solid
pole, which protects the lower portion of
the coil from heating, although the upper
portion is still exposed.

For a recent design that uses special
aluminum magnetic components to pro-
vide for heat transfer from all portions of
the coil, a thermo-inductive ring allows
heat generated in the upper portion of
the coil to flow into the aluminum heat
path (Figure 12).

The lower coil section heat transfer
ring, while serving as an effective short-
ing ring for improvement in midband
hysteretic distortion, also provides an ad-
ditional heat path for the lower portion

Reducing heat buildup in LF transducers

By Mark Gander

Although the phenomenon of
dynamic compression in low-frequency
transducers has been observed for
years, it has not been discussed to any
extent in the literature and manufac-
turers do not directly refer to it when
listing specifications. Many live-sound
engineers may have heard of it, but few
are likely to have any idea of its
magnitude.

To most users and specifiers of low-
frequency transducers, the manufac-
turer’s published maximum thermal
input rating, along with the published
sensitivity rating, give a measure of
how loud the device will play. As we
shall see, such may not be the case.

Duty cycles and
voice coil heating

Most sturdy transducers can with-
stand momentary power input surges
up to 10 times their rated power han-
dling, as long as frequencies are high
enough that the voice coil does not try
to move beyond safe mechanical lim-
its. The key here is duty cycle.

For many kinds of program materi-
al, the duty cycle may be nearly a con-
tinuous one. Under such operating
conditions, the voice coil heats up and
its resistance begins to rise.

Figure 13 shows what happens when
a 380mm (15-inch) transducer is swept
over the audible range at power inputs
of 1W and 100W, the traces superim-
posed and then displaced by 20dB. The
degree of dynamic compression s
about 1.5dB over the entire frequency
range.

The increase in voice coil resistance
is given by the following equation:

Ry =Rl +a(T,~T)

* T, = some elevated temperature in
degrees Celsius;

® T, = room temperature, normally
zooc.

® o = the temperature resistance coef-
ficient; and

®* R, = the voice coil resistance at
room temperature.

For aluminum and copper, which
are the materials normally used for
voice coils, the value of a is approxi-
mately 0.004°C.

It is not unusual for voice coils to
reach temperatures in the range of
200°C (400°F). A voice coil that has a
dc resistance of 6Q at room tempera-
ture will increase to 10.3Q at such
temperatures. High power handling
voice coils may reach about 270°C
(520°F). Under this condition, the
resistance will have at least doubled.

Mark Gander is vice president of marketing at
JBL Professional, Northridge, CA.

Shifts in low-frequency balance

The effects of such changes are fairly
audible. Music is robbed of much of its
“punch,” and low-frequency align-
ments will be shifted, changing the
balance of the system.

Figure 14 shows what happens to a
natural flat low-frequency alignment
when the transducer is operated at an
elevated wvoice coil temperature of
150°C (302°F). System damping de-
creases and a response peak at the
transducer's resonance frequency ap-
pears. Midband sensitivity shows a de-
crease of about 3.5dB, half resulting
from the efficiency decrease and half
from the higher impedance, which
draws less power from the amplifier.

The culprit, of course, is excessive
teinperature rise and the cause is heat
generation in the voice coil with insuffi-
cient cooling. Most low-frequency
transducers used in sound reinforce-
ment applications are far less than
10% efficient and the butk of the input
power is converted directly to heat.

Large diameter voice coils are far
less susceptible to dynamic compres-
sion than are smaller ones, as shown
in Figures 15 and 16.

Figure 15 shows the 1W, 100W, dy-
namic compression of a 380mm
(15-inch) low-frequency transducer
with a 100mm (4-inch) diameter voice
coil. Note that the compression is
about 1.25dB over the entire range.

Figure 16 shows the same measure-
ment made on another speaker with a
63mm (2.5-inch) diameter voice coil.
The dynamic compression is about
2.5dB over most of the frequency
range.

For the same dc resistance and voice
coil axial height, the wire chosen for a
100mm diameter coil will be 100/63,
or 1.26 greater in cross-sectional area
than the wire used in the 63mm coil.
This will result in a proportional re-
duction in resistance per unit length.
Less resistance translates into greater
current capacity, and thus less heat.
The increased surface area of the coil
will also promote better heat transfer.

Ferrofluids, which have been used
successfully in small high-frequency
transducers for consumer loudspeaker
systems, are of little use here. The high
temperatures, which are very much a
part of our business, simply result in
deterioration of the ferrofluids.

A concern for system integrity and
accuracy requires that the effects of dy-
namic compression be anticipated and
compensated for at the design stage.
Large voice coil transducers are
presently the inost economical solution
to the problem.

Recording Engineer/Producer August 1987
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Figure 13. Sweeps for 1W and 100W drive levels superimposed and adjusted by 20dB. The bot-
tom curve represents 70dB/SPL and 90dB/SPL for 100W.
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Figure 14. Low frequency alignments shifts caused by voice coil temperature rises. A is the
alignment optimized for maximum flatness at 27°C (80°F). B is the alignment with a voice coil
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Figure 15. The dynamic compression data for a low-frequency transducer with a 100mm
(94-inch) diameter voice coil. The bottom curve represents 70dB/SPL for 1W and 90dB/SPL for
100W.
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Figure 16. The same type of dynamic compression data as shown in Figure 15. However, this
data was taken on a different 380mm (15-inch) transducer with a 63mm (2.5-inch voice coil. The
bottom curve again represents 70dB/SPL for 1W and 90dB/SPL for 100W.
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of the coil. In addition, a patented Teflon-
based coating is applied to the gap face
portion of the top plate.

Users will often overpower speakers
past their rating, intentionally or not.
When this occurs, the coil in a standard
design will eventually expand into con-
tact with the steel top plate, causing
almost certain disaster. As a last line of
defense, this Teflon-based coating does
an effective job of saving the speaker by
both lubricating and insulating rubber
contact caused by overpowering.

Surviving coils taken out of severly
overpowered speakers show a burnish-
ing of the coil's outer diameter and no
burns or shorts. This kind of thermal
engineering is crucial in the decade
ahead where higher power and less
equipment is a must for concert sound.

Which coeil to choose?

Bigger coils have lower inductance for
the same dc resistance. Smaller coils
usually have more high-end response
(500Hz to 3kHz) because of the mechani-
cal action of a smaller drive circle on a
given size cone. Speakers with different-
sized coils sound different. Drive stresses
are higher for a smaller coil, but practical
design and construction can prevent this
from being a problem.

Small coils (approaching one inch)
become problematic; magnet design
where the pole flux becomes too high;
and a modern high-output design
becomes a practical magnetic im-
possibility. Per a previous discussion,
large coils become a leakage nightmare
and the customer pays dearly for a cost-
eating monster magnet. Large- and
small-coil speakers sound different, but
which is better?

Here’s one suggestion on how to
choose. First and foremost, don't use coil
diameter as the only criterion. Look
around and see what’s going on in the
field. Ask your friends. Buy some com-
peting speakers or get a dealer to com-
pare them for you. Hook them both up to
the same amp and see which one blows
up first and which one sounds the best.
Use your own ears.

Many of us are afraid to state an opinion.
What if you disagree with a “golden-ear”
or even a manufacturer? It's your opin-
ion and you shouldn’t give it away. If
you're not confident, practice and get
good; do it a lot and your opinion will be
much more solid. Try reading data
sheets. Reputable manufacturers survive
in the professional market partly on tell-
ing customers exactly how a speaker
behaves. Do all this and re-evalhiate it
after you get the equipment and see how
it really works. But don’t use only coil

size to select a speaker.

August 1987 Recording Engineer/Producer
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| Sensible techniques developed at the
beginning of sound films in the late
Twenties placed filmmakers around the
world in good stead for the next 45
years. Cameras and sound were locked

to the same reference via multiduty |

or selsyn motors. Recording was on

sprocketed film, first using optical and |
later magnetic sound, while playback on |

the set often employed an interlocked
turntable. The hassle of everyone being
tied together with “umbilical cords” paid
off in post-production, and such tech-
niques were used in Hollywood into the
Seventies. Indeed, the concert scenes for
Woodstock were shot using ac line-
frequency reference.

Around this time two developments
were thrown into the works that have
forever expanded the potential re-
quirements of proper sync. One was
replacing the cabling between tape
recorders and film cameras with crystal
control. Camera motors are driven at a
constant speed, while portable Y-inch
recorders use a crystal oscillator only to
record a reference “pilot” track; the tape
machine motor is not normally servo
controlled while recording. Variations in
the speed of the audio transport are
negated during transfer to mag film
either by locking both playback and
recording machines to line frequency, or
by driving one from the other.

Larry Blake is RE/P's film-sound consulting editor.

Recording Engineer/Producer

By Larry Blake

common sync problems.

The real variable is the relative ac-
curacy of the crystals in the camera and
recorder. This can be stated as: How
close to a precise 50Hz or 60Hz are the
crystal oscillators capable of dividing to?
Modern equipment is accurate enough to
hold sync to within a frame over an
11-minute camera roll (1,000 feet in
35mm and 400 feet in 16mm). Never-
theless, there is no longer the cabled
assurance that picture and sound are
obeying the same time base.

The other Pandora's Box was the
development of SMPTE-EBU time code
to interlock film, audio and video
machines. A good many of the problems
resulting from the misuse of time code
have nothing to do with the recording or
use of the code itself, but instead relate to
a film-to-tape or tape-to-film transfer at
some point in post-production.

Such a transfer changes not only the
time base but also the speed of the pro-
gram. (More about speed changes later.)
Shooting, editing and releasing in only
film or only video is a relatively straight-
forward pursuit; mixing the two
mediums at any point after shooting and
before release requires careful attention
to a small number of golden rules. By
way of illustration, we will first look at
the steps involved in a standard music
video shot on 24fps film to playback, and
edited on videotape.

(During this article, for purpose of

simplicity the word “video” is to be read
| as NTSC color, with a “field rate” of
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Time Code and
Synchronization

Keeping Music Videos
andFilms in Sync with
Audio Playback

For the unwary, dealing with time code can result in untold
synchronization headaches. This 3-part series of articles will concentrate on
practical hands-on information to help alleviate most of the

59.94Hz. Each frame is composed of two
fields; the field rate is twice the frame

rate. Problems concerning other video |

and time base standards will be featured
later in this series.)

Before the shoot

If he is fortunate enough to be brought
on prior to the shoot, the first concern on
the part of the sound person in charge of
playback is to ensure that the playback
tapes contain a time base reference
derived from a sync audio master. In
almost all instances this master will be a
copy from a 2-track mix that contains no
sync pulse or time code. Absence of sync
reference renders a tape absolutely
useless for music video purposes; once
the sync audio master is made, the
original mix ceases to exist as far as the
filmmakers are concerned. This fact
should be stated upfront to the artist or
whatever representative you deal with
(producer, engineer, manager, etc.).

If they quibble, remind them that this
problem could have been avoided by
simply mixing onto Y-inch 4-track, with
time code or a sinusoidal (i.e., sinewave)
sync tone on track *4, or by mixing to a
digital 2-track master, which includes a
stable time base (otherwise you wouldn't
be able to replay the tape). Even better
would be the presence of a sync pulse on
the multitrack master, thus allowing the
song to be remixed even after the video
is edited. Because the audio master's
time base has been derived from the




master mix (if it isn't the master mix
itself), which in turn copied it from the
multitrack tape(s), there will be an un-
broken sync chain.

The other issue upon which the artist
should be consulted concerns which ver-
sion of the mix is to be used to make the
sync audio master. Very rarely will you
have access to the original 2-track mix;
more often than not you will receive a
1:1 copy or even the equalized disc
mastering copy. (Or a copy of that tape:
can you say “digital?” This current
discussion assumes the more common
procedures using standard analog
recorders. The unique sync requirements
of digital machines will be discussed in a
later installment.)

In any event, try to find out what ver-
sion the artist and the production team
consider definitive. It's possible that the
contribution made by the mastering
engineer was such that they would never
want the original 2-track mix to be heard
in any medium, regardless of the
generation-loss issue.

Making the sync audio master

With the “best” non-sync mix in hand,
it is time to make the sync audio master
that will be used to stripe audio and time
code to the %-inch off-line and 1-inch on-
line video masters, as shown in Figure 1.
In addition, it will be used to make the
Va-inch playback tapes for the shoot.

The format of choice for the audio
master is generally considered to be
4-track '2-inch tape, with stereo audio on
tracks *1 and #2, and 29.97fps time code
on *4. Note that 29.97fps time code, and
not 24fps code, is used on the audio mas-
ter when shooting 24 or 30fps film for
eventual video editing. (This concerns
playback shoots only: use of 30 and 24fps
time code in film production recording
will be discussed in next month's issue.)

A 59.94Hz sinewave representing the
field rate can be recorded on track #3 as
a backup in case of damage to the time
code. Even in the unlikely event of a
total loss of code, the sinewave could be
used as a time base reference for a time
code generator to stripe the tape with
new code. Use of track #3 in this manner
is optional, and is by no means neces-
sary. Note, however, that the field rate
sinewave must he recorded at the same
time as the time code, and derived from
the same sync generator.

The code at the beginning of the song
should be a sensible time such as
01:00:00:00; additional songs on the
same shoot can start on the 2-hour mark,
etc. If time code is being recorded on
track *4 while the song is being trans-
ferred to the sync audio master, a syn-
chronizer can be used to make sure that
the song starts exactly on the hour. The
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Figure 1. Creating the Svochronous Audio Master.
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Figure 2. Creating the off- cnd on-line Video Edit Musters.

first modulation is found and the master
non-sync tape is wound back one second.
During the transfer, both the time code
generator and the 4-track tape start at
approximately 00:59:00:00, giving a
generous l-minute pre-roll. Thirty sec-
onds is recommended, and 15 seconds
should be considered minimum.) At
00:59:59:00 a relay contact closure is
triggered to start the playback deck, and
if the song doesn't start exactly on the
hour, the start time can be fudged on the
synchronizer.

If the transfer is being made at a video

post facility, you can be almost certain
that the time code generator and all
video machines are referenced to a com-
mon NTSC composite sync generator,
and thus the time code will be in the
desired 59.94Hz time base. (Remember,
you will be doing all post work on video.)

However, insist that the transfer per-
son understands that you require NTSC
sync, and that he can assure you this is
what you're getting. Think twice if a
glazed look comes over the transfer per-
son's eyes when this issue is broached,
and be especially careful if you are at a
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Tips for synchronous playback

® Obtain a copy of the song’s lyrics
and retype them, numbering the verses
and choruses. A few seconds before
each verse begins, place a numbered
EditTab splice on the tape so you can
find your place in the song easily and
repeatably. The pre-cut EditTab splices
are easy to use in the field, and are
whiter than normal splicing tape,
which improves visibility.

e Have three copies made during the
transfer from the 4-track audio master.
Keep two on the roll for the playback
Nagra, and the third somewhere else
as an emergency backup.

e During the transfer from the audio
master, use the Nagra's reference
oscillator to record three beeps leading
into the song. (This is another reason
to start the song exactly on the hour,
since you automatically know where
the song begins.,) If you forget during
the transfer, and are using a mono
Nagra, it's easy to put the beeps on
later. Proceed as follows: find the first
modulation of the song and then
reverse the reels on the deck, with the
body of the song now safely on the
takeup reel. Record the three beeps
and then flip the tape over and edit the
last beep so that the three lead into the
song in time.

However, if you are using a IV-S TC
with center-track time code, you must
record the beeps when the song is
transferred from the audio master,
because the presence of continuous
time code precludes the ability to
remove an inch here or there. The only
other option would be to record the
beeps on a studio machine where the
time code track could be put into the
“safe” mode. Recording these beeps
should always be done because they
are needed by the group, not to men-
tion giving the crew notice that “here it
comes."”

* Put a piece of gaffer’s tape on deck
of the Nagra extending down over the
right side of the main function knob.
This will prevent you from accidently
going into record mode.

* When playing back during the
shoot, have the “line and phones”
tape/direct switch on “direct,” giving
you control of the output from the
Nagra’s fader(s). This way you can en-
sure that no one will hear the song un-
til you can ‘“see” that you have
achieved lock. Lock is visually verified
in the following manner:

On a mono Nagra 4.2, put the meter
switch on “synch” and wait until the
needle is stationary, indicating that the
motor is stable and phase-lock has
been obtained. If the transport is sleur
ing back and forth and cannot lock,
apply a little pressure on the feed reel
with your left thumb. Watch the meter
and “guide” the machine into stability.
Then bring up the fader(s).

The procedure is identical with
stereo machine (either the normal V-
SL with a FM sync track, or the IV-STC
with center-track time code), except
that you use the meter on the external
QSLS synchronizer. The other differ-
ence between mono and stereo ma-
chines is that the function switch on a
4.2 must be in the “Playback with
Loudspeaker” position (straight down)
to make use of the QSLI internal syn-
chronizer. Either playback position
will allow resolving on a stereo
machine.
® When shooting on videotape (for ex-
ample, Betacam, M-I, 34-inch U-matic,
efc.), verify that audio and time code
are getting down, and do this prior to
the first take. Record a short segment
and play it back, making sure to check
all cameras: listen to the audio and
read the time code. If no code reader is
available, the Nagra can be set to read
external time code.

If you are playing back with a mono
Nagra while shooting on videotape,
you must remove the Nagra SK jumper
plug and feed in a 59.94Hz reference.
This can come either from an external
crystal or it can be stripped from the
composite sync that is fed to the video
camera.

It is best to record the playback time
code on audio track *2, reserving the
time code track for the VIR-generated
time-of-day code, which will provide a
unique address for each take. The
playback code can be burned into a
second window while making the off-
line editing copies. Be sure to disable
any noise reduction or automatic gain
controls that might be applied to the
audio tracks during the shoot.
¢ Finally, when using an IV-S TC, dou-
ble check that you are set to the correct
frame rate (29.97 or 30) and whether
drop or non-drop time code has been
selected. Although the switch is on the
inside of the Nagra, the time code can
be checked using the “status” key.

recording studio that doesn't handle
much sync material. Beware!

Prior to this transfer procedure, you
should inquire of the video's director and
editor whether they prefer drop-frame or
non-drop-frame time code. Probably the
single most common misunderstanding
regarding time code is the assumption
that 59.94Hz/29.97fps equals drop frame
and 60Hz/30fps equals non-drop. While
it is true that drop-frame time code was
developed to match 59.94 NTSC color
video to the 60Hz “clock on the wall,” it
is incorrect to regard the two as being
synonymous. You can have drop-frame
with a 60Hz time base or non-drop code
in color video, and the decision on which |
format (drop or non-drop) to use is a mat-
ter of individual preference.

The point to be made here is that the
time base reference—60 or 59.94—is the
important factor regarding correct sync.
If you understand the fundamental issues
involved in selecting the correct field
rate/time base, then matching the frame
rates of time code with that of film
cameras becomes second nature.

The next step will be to make the
“blacked and coded” %-inch off-line and
l-inch on-line edit masters, as shown in
Figure 2. As must be done prior to a
video edit session, we will record a con-

| tinuous control track plus color black on

the picture. From the audio master, we
will be striping time code and recording
the song on the audio tracks for editing
reference purposes. Both video record-
ers must be locked to the same NTSC
sync generator.

It is usually standard practice to record
a mono combine on track *1 of the
%-inch tape, with time code on both
track *2 and the “address” time code
track. This is a safe practice, since you
are usually unsure of the requirements of
the off-line edit system prior to the shoot.
The code can also he burned into a “win-
dow" on the %-inch’s image, serving as a
reminder to the editor where he is in the
song during the course of assembly edit-
ing. (As the song is edited, the blacked
and burned-in picture is replaced, shot-
by-shot. with the picture.) Stereo audio is
recorded on tracks *1 and *2 of the
l-inch on-line master, with time code on
track #3.

Why can't | play back
from a cassette recorder?

Now it's finally time to make the
Ys-inch copies to be used for playback on
the set. Many a producer will ask: Why
can’t you just play back from a cassette
recorder? The reasons should be self-
evident at this point: cassette recorders
do not record any kind of sync track that
can be copied from the audio master.
Even if you did record a sinewave sync

62 Recording Engineer/Producer

August 1987




tone on track #*2 of a high-end portable A. Playback with Mono Nagra B. Playback with Time Code Nagra IV-S
cassette deck, the machine is unable to X X
self-resolve.
“Resolving” can be loosely defined as
the comparing o‘f a sync‘tong off tape s*;r-‘c/;:';'; Tl:";o. me s*;;‘c‘/; m’; T""': ::rf'
with a stable sync reference, either from e Reshaper Master Reshaper
an external source or a machine’s inter-
nal crystal, and servo-controlling the
transport to phase lock the two tones. 29.97 time code
If you are asked why a cassette deck Mono A ::m::f“;r‘:’"“’: ate
cannot be used, perhaps the best answer combine to Pilot input set at 29.97.
is another question: Why not use a
Nagra? A standard 4.2 portable mono Nagra 4.2
recorder rents for approximately $30 a
day, a price that even the most shoe-
string video production should be able to
afg’(::]'e thought must also be given to Figure 3. Creating the Y%-inch Nagra playback tapes.
the recording of playback tapes because PRODUCTION
one simple mistake here can negate all of pn
the prior and subsequent careful atten- #1ps or 0IpuSOH: Fllm Camera
tion to sync as shown in Figure 3.
First, you must understand what will \/
happen during the film-to-tape transfer. /\ e
When a film is shot at the standard
speeds of 24fps or 30fps, the motor on Musichans ey o J e Suring 1oie
the camera is referenced to a 60Hz ',;H;";{,:.’,‘,;"’,, Lo m'"';;;';'p".'."(‘w:;
crystal. However, because NTSC color [ back. (301ps/60Hz |intertock  with |
video has a “field rate” of 59.94Hz, film is sl oo s
actually slowed down during telecine, s e
with 24fps film playing back at approxi- PRE-PRODUCTION POST-PRODUCTION
mately 23.97fps. The difference between | | etz — Sy fao—C—nen i iocn aaEes Ak e S
60Hz and 59.94Hz amounts to a 0.1% 29.97108/59.94Hz Ye-lnch Nagra playback sync audio master and the ot and on-
speed reduction. :rmlé:'ll.a‘:o:’:.l:;;:: r:‘:::r;l'::'s'ﬂ'glm line video edit masters.
With this difference in mind, we have Figure 4. Speed changes during production of music video shot to playback on 24fps or 30fps
to go back a few steps to the recording of film and edited on videotape.
the sync audio master to understand how

we achieve correct pitch and program

length through many generations. We
played back the non-sync tape at its cor-
rect speed while recording time code
referenced to a 59.94Hz NTSC sync
generator. (The 4-track machine should
be resolved during all transfers.)

Next, that code, plus the song, was
transferred to the video edit master
tapes, again with the time code and the
video edit master tapes, again with the
time code and the video decks locked to
the same 59.94Hz sync source. The

speed of the song, therefore, has never
changed: If it lasted four minutes when
played back at exactly 15ips on the non-
sync mix, it will still be at that length
when played back from a properly
resolved video or audio master.
However, we have to account for the
fact that whatever the artist lip-syncs to
during the shoot will be slowed down
during the film-to-tape transfer. The
answer is simple: we must speed up the
song while it is playing back on the set,

thus negating the later slow-down. Then,
although the song was *“too short” during
photography, and the musicians were
playing slightly fast, they will be in sync
with the 4:00 song after the slow-down.

To ensure that the speed changes go
up and down together on the set and dur-
ing telecine, the sound on the Y-inch
playback tape must be recorded with a
59.94Hz sync pulse, but resolved against
a 60Hz crystal reference as shown in
Figure 4. When the tone on the tape is
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Film was photographed in 16mm
with an Eclair NPR camera at 24fps
referenced to 60Hz, while sound was
recorded on a mono Nagra 4.2 with its
internal crystal printing neopilot 60Hz
sync pulse. All material would be
transferred to videotape for off- and
on-line editing.

In order to interlock the sound with
the picture during telecine, it was
decided to transfer the original Y%-inch
tapes to a second Y-inch tape, this time
printing time code on track *2 while
recording the mono program audio on
track *1. The initial sync point would
be found using the clapstick (rocking
the tape over the head to find modula-
tion), and then the synchronizer would
use the time code on track *2 to pre-
roll the audio tape and maintain lock
during the mostly 11-minute, 400-foot
camera runs.

Once sync was found on the first take
and the telecine locked to time-coded
Y-inch tape, everything seemed fine. A
minute or so into the take, something
started feeling funny. Eventually, pic-
ture and sound started walking away
from each other and all in attendance
were sure: something was wrong.

It was discovered that the time code
generator used to make the second-
generation telecine Y-inch tape had
been referenced to an NTSC sync
generator, and thus was referenced to
59.94Hz, and recording 29.97fps time
code. Because the Nagra self-resolved
using its internal 60Hz crystal, that
same speed would be maintained dur-
ing telecine when all machines, syn-
chronizers and time code generators
were referenced to NTSC sync.

So, instead of the sound slowing
down to match the picture that was
undergoing a time shift, the sound was
staying the same, quickly getting
ahead of the picture.

The moral of the story so far: You
should not change the speed of the

War stories in the Tri-state area: Case Story no. 1

time base reference without also
changing the speed of the program.

The transfer was tried again at the
same facility, this time with the time
code generator referenced to its inter-
nal 60Hz crystal, thus putting out true
30fps time code.

However, once again during telecine
the sync that was verified by the clap-
stick at the beginning of the take didn’t
last for long. After examining the tele-
cine system with test material, the crew
went back to the original field tapes.

Playing them back on Nagra 4.2 with
a QSLI resolver board installed, a
59.94Hz field rate sinewave stripped
from the NTSC house sync was fed into
the pilot input. Starting the Rank Cintel
flying spot scanner and the Nagra at
the same time resulted in perfect sync
throughout the 11-minute take.

Later on, the accuracy of the time
code generator used to make the sec-
ond transfer was verified to be well
within tolerances. Therefore, a true
60Hz2/30fps time code had been re-
corded on track *2.

Therefore there appears no logical
reason why the second transfer didn’t
work. The only variable is that the
Nagra was self-resolving; this too,
shouldn't have been a problem given
the accuracy of the crystals in Nagras.

The only sure answer is that the safe
way is the best way. The third (Y-inch
neopilot to Y-inch with time code)
transfers that did work were done by
feeding a field rate sine wave into the
Nagra’s pilot input, thereby assuring
perfect lock relative to the time code. In
essence, this procedure “copied” the
neopilot sync pulse, converting it into
time code. (It doesn’t matter whether
the field rate of this time code was
59.94 or 60.)

Moral of the second part: whenever
possible, reference all sync sources to
the same generator when making
transfers.

locked to the crystal, the tape will be
playing slightly faster because the
resolver blissfully assumes that the sync
reference on the tape is 60Hz. The syn-
chronizer does not know the time base of
the original recording; all it does is
phase-lock the two tones. This pro-
cedure—purposefully playing a tape
back at a time base other than its original
reference—has come to be known as
“cross-resolving.”

In the current example, the '4-inch
playback tape will be recorded while
feeding into the “pilot™ multi-pin connec-
tor of the mono Nagra 4.2 an 59.94Hz
sinewave stripped from the time code
that is playing back on the 4-track audio
master. Note that this means taking out
the “sync bug” that is usually attached to
the pilot plug. and which jumpers the
crystal output on pin #3 to the pilot input
on pin *4. (Seeing this “SK" jumper plug

attached to the side of the Nagra is a
security pacifier to production mixers
but, in this instance, it is poison.)

If the only connection between the
4-track audio master and the Nagra is the
audio track, and sync plug is in, you are
recording at a 60Hz reference and will
play back at that time base during
shooting. No speed-up will occur and the
song will last four minutes during
shooting. Because of the slowdown dur-
ing telecine, musicians will be playing
“slow" and the song will now be 4:00:07
on the videotapes created during tele-
cine, which will never match the off-line
edit master that we made earlier.

In short, you will have a serious
problem.

Center-track time code
The previous discussion assumes the
use of the mono Nagra 4.2, which re-
cords the neopilot sync track down the
middle of a full-track mono signal. The
4.2 will cross-resolve (during playback)
and proper time base will be maintained.
The problem with using only a 60Hz

pulse is that it contains no location infor-

mation. In film musicals. this dilemma is
sidestepped by using a second machine
to record the playback track, with sync
point obtained with the standard clap-
stick. During editing. each take can easi-
ly be matched by ear to a master uncut
print of the playback track.

The situation is a bit more difficult in

videos because rarely will the crew use a |
. . ]

second, recording Nagra. Even if a track

is recorded, telecine is an expensive time |

to try to match clapsticks with “wild"”
starts and non-interlocked sound.

Thus, on videos employing playback
from a lone mono Nagra, the editor
receives silent videotapes of drummers
drumming and singers singing, with no
way of knowing. other than detailed
script notes, where in the song this take
occurs, Even then, precise, frame-
accurate sync—matching the audio on
the off-line edit master to the footage
shot—requires that the editor eyeball
each take. The answer, of course, is to
play back the tape on a Nagra IV-S TC
with center-track time code.

(The Coherent Communications TC-
200A time code module, used with a
standard sync Nagra IV-SL, offers virtual-
ly all of the features of the Nagra IV-S TC,
except that the TC-200A does not pro-
vide a time code reader. Also, since it
records the time code as part of the nor-
mal FM sync track, it must be
demodulated before it can be used in
time code form.)

The only difference during the transfer
from the sync audio master is that the
time code itself, and not the sinewave
representing the field rate stripped from
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Table 1. Common U.S. frame rates for film and video production.

Frame/Reference Editing Frame/Field Rate Frame
Recording Frequency Editing Frame/Field of Playback Sync Field Rate
Medium of Camera Medium Rate Audio Master During Playback
Film 24/60 Film 24/60 30/60 or 24/60* 30/60 or 24/60
Film 24/60 Tape 29.97/59.94 29.97/59.94 30/60
Tape 29.97/59.94 Tape 29.97/59.94 29.97/59.94 29.97/59.94

* Use 24fps time code only if time code is recorded on the film by the camera; use 30fps time
code in 24fps film production only when using time code siates.
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The next two
installments

The next fwo installments in this
Fpart sertes will be published in the
September and October issues.

o The second part will focus o the wse
of time code for film production, in-
cluding a look al current time code-on-
film systems.

* fn October we will present a basic
overview of synchronization and time
coude, explaining the uses of VITC, jam-
syncing and  reshaping/regenerating
time code.

Both parts will contain various "War
Stortes” relating synchromization prob-
lems that fellow professionals have run
across. Names will be omitted to pro-
tect the guilty.

the code, is recorded on the playback
tape. In our hypothetical shoot, we will
be cross-resolving during playback, so
we will have to maintain the 59.94Hz
time base of the sync audio master.
Therefore, the time code frame rate
switch inside our IV-S TC must be set to
29.97fps (with drop or without drop,
depending on the editor’s choice) when
recording the playback tape. On the set,
however, the machine must be switched
to 30fps (again, with drop or without
drop) to resolve to 60Hz, thereby
speeding up the tape to anticipate the
pull-down in telecine.

Playback with a IV-S TC requires some
extra equipment, the total cost of which
is around $180 per day, including time
code slate and wireless link. In addition
to the tape machine, you need an exter-
nal QSLS synchronizer and ARPC time
code resolver box that converts the code
into a 60Hz pulse that the QSLS can read.
(Cooper Sound Services of Los Angeles,
designers of the ARPC, now offer a
dedicated time code resolver.) The ARPC
also provides a time code output to drive
an electronic time code slate that is
photographed prior to each take. (When
shooting video, the code is sent directly
to the cameras.) [Refer to Table 1 for
details of frame rates employed at
various stages of film and video produc-
tion.]

Approximately five seconds of good
code must be photographed by the
camera prior to shooting the scene. Tail
slates can be used, although this requires
extra handling of the negative, with an
increased chance of dirt especially when
shooting in 16mm.

It should be noted that not all telecine
suites are equipped to interlock the film-
to-tape transfer machine, such as the
Rank Cintel Flying Spot Scanner, to a
Y-inch deck. The process is straightfor-
ward: time code, as photographed on the
slate, is read off the monitor and entered
into a keypad, thus giving the film a time
code address that will be synthesized
from tach pulses on the telecine. The
Ya-inch deck containing a playback tape
searches for this time code location in
the song, picture and sound are both
given a pre-roll, and sync is achieved.

What version is heard?

Once the off- and on-line editing stages
are completed, and there exists picture
to match the song, it's time to ship the
film to music-video networks and shows.
What should we send them?

Assuming that the song will play as
recorded on the sync audio master, with
no deletions or additions, then make a
1:1 copy of the audio master and ship
that with a dub of the l-inch video
master.

All too often it is assumed that the
sound will replay from the 1-inch master;
this means that your song will never
sound better than the audio performance
of your average C-format VTR. Addition-
ally, the on-line video master was itself a
copy of the audio master, so what would
be shipped is already a pair of l-inch
generations away from the sync audio
master.

Instead, it makes much more sense
(not to mention being considerate of the
artist, producer and engineer) to provide
4-track, -inch copies to everyone who
receives a 1-inch video copy. You not on-
ly save one generation, but you see to it
that what is heard involves only standard
audiotape recorders. Despite the claims
of high standards that many video post
facilities make for their 1-inch machines,
as a rule the degree of audio tweaking
we expect with tape machines is just not
carried out with VTRs.

All of which is by way of reiterating

the earlier statement that, in the best of
worlds, the audio laid on %-inch and
l1-inch video masters is for editing refer-
ence only. However, because there is no
way of knowing what is going to happen
to the video once it leaves your hands, it
is prudent to assume the worst case (i.e.,
the audio will go through as many 1-inch
generations as the picture). The use of
noise reduction, therefore, on both the
Ya-inch audio master and the 1-inch on-
line video master, is probably a good
idea.

Again, it is acknowledged that digital
recording at any point in the chain can
be a big help with reducing the genera-
tion loss.

The most important ally in your quest
for sync is communication. Make sure
that you know what the “video” will be
shot on (and, if film, at what frame rate);
what it will be edited on, and what the
contractual requirements are. If you are
unclear as to what to do, ask questions.
And, most importantly, do not stop ask-
ing until you are sure you know what
you are doing and are also sure that
other concerned parties are doing their
jobs. [Part two of this series, to be pub-
lished in the September issue, will cover
the use of time code for film production.

Bibliography

This series of articles on time code and syn-
chronization will concentrate on the nuts and
bolts operating procedures. If what you are
looking for isn't covered, the publications
noted below should be of some help:
¢ Time Code Handbook, by Walter
Hickman and Milan Merhar, 1982. The single
best introduction to time code. Available
from: Bang-Campbell Associates, 3 Water St.,
Box 47, Woods Hole, MA 02543; $8, postpaid.
¢ Using Time Code in the Reel World, by
Jim Tanenbaum and Manfred N. Klemme,
1987. A must-have pamphlet covering the
operation of the Nagra IV-S TC in detail.
Available from: Nagra Magnetic Recorders,
6043 Hollywood Blud., Suite 201, Hollywood,
CA 90028.
¢ Manual of Sound Recording, by John
Aldred (Argus Books, London: 1978). The
chapters on Motor Systems and Motion Pic-
ture Sound provide the best available over-
view of film synchronization techniques.
¢ Understanding Synchronization, /986.
In addition to basics of time code usage, this
book also touches on the uses of MIDI.
Published by the TEAC Corporation of
America, 7733 Telegraph Road, Montebello,
CA 90640.
¢ The Time Code Book, /984. A quick over-
view of time code applications. Published by
EECO Inc., 1601 East Chestnut Ave., P.O. Box
659, Santa Ana, CA 90272-0659.
* “New SMPTE Time Code Applications in
Film,” by David Howell. Millimeter, April
1981 issue, pp. 59-68.
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N/DYM™ technology gives this new mic its
unique ability to handle the most demanding
vocal applications; from breathy, intimate ballads
0 explosive rock 'n roll.

Even so-called “studio quality” handheld
condenser and nbbon-type designs cannot
approach the performance of the N/D757 in live
vocal applications.

Rugged construction, reliability, no exter-
nal power supply, and greater sound pressure
evels before overload (all advantages of dynamic
design) are characteristic of the 757. Add to
all that, the sound reproduction capabilities of a

world class studio microphone and you have
the N/D757.

See your Electro-Voice dealer. Try the
N/D757 in concert. You'll hear the difference.
More important, so will your fans.

Becholbice’

—=FY

a MARK IV company

To learn more about N/D Series microphones, see vour Electro-Voice
dealer or write Electro-Voice, Inc., 600 Cecil Street,
Buchanan, M[ 49107

*Actual NID757 user comments are kept on file at the Electro-Voice Corporate headquarters in Buchanan, Michigan.
Circle (48) on Rapid Facts Card



68

T ]

bt
Y

1.00 kwe

! While it's not unusual for a recording |

engineer to take great care in selecting a
favorite microphone, mic pre-amp and
special equalizer for a particular session,
the resulting audio signal will then be
passed through a recording chain over
which the engineer has no control.

By taking a look inside current digital
tape recorders, we hope to provide the
user with a better perspective and under-
standing of a critical component that is
sometimes the weak link in a recording
chain: the low-pass filter.

Although such anti-aliasing filters have
various forms and characteristics, they
are common to all digital systems that in-
volve conversion to and from analog, in-
cluding digital reverbs, delays, syn-
thesizers, processors, tape and disk-
based recorders. For clarity, we will
restrict our comments to professional
multitrack and 2-track digital recorders,
although the information presented ap-
plies to digital systems in general.

We are all familiar with the advantages
that digital recording offers over analog

Bruce Jackson is chief engineer and Christoph
Heidelberger is director of technical developments of
Apogee Electronics, Santa Monica. CA

Recording Engineer/Producer

techniques, including potentially highly
accurate data storage, transmission,
manipulation and retrieval. Why, then,
do we still hear expressions such as "brit-
tle,” “harsh,” “edgy,” "crunchy” and
“fatiguing™ used to describe this highly
accurate medium?

This is by no means a new question. A
large volume of excellent work has been
done by many researchers in identifying
the various distortion mechanisms and
aberrations, in the process of converting
our reference analog audio voltages into
a stream of 16-bit numbers and back
again.

Our interest in digital low-pass filters
began three years ago when we experi-
mented with IC chip sets designed for CD
players. As end users of various digital
audio processors, we were frustrated
with their sonic shortcomings. Having
coupled a Philips digital oversampling
filter and digital-to-analog converter to
our experimental A-to-D converter,
which incorporated an anti-aliasing filter
with linear-phase response and a gentler
rolloff characteristic, the sound we heard
had a realism neither of us had experi-
enced before with digital devices. It was
obvious we were on to something.

Design Parameters of
Digital Anti-Aliasing and
Anti-Imaging Low-Pass Filters

By Bruce Jackson and Christoph Heidelberger

There has been much debate in the recording industry regarding
the audio quality of low-pass filters used in all PCM digital systems.
Recent developments suggest that the sonic quality of such systems

can be radically improved with replacement linear-phase filters.

These three oscilloscope traces show the
IkHz, 2kHz and 2.5kHz square-wave
response of three cascaded channels of a
digital multitrack, to simulate the minimum
number of A-to-D-to-A conversions of record-
ing, remix and CD mastering. The upper trace

| for a multitrack equipped with standard anti-

aliasing filters should be compared with the
response of the same transport with replace-
ment filters (lower trace).

We then proceeded to test a wide
variety of experimental filters, using Mit-
subishi and Sony multitracks as test beds.
From the widely ranging sonic results, it
was obvious that their low-pass filters
were affecting the audio band they were
designed to pass transparently.

Digital audio involves the sampling of
an input signal at a certain rate, a process
that can accurately represent a con-
tinuous time-varying signal with a band-
width no higher than half the sample fre-
quency. This bandwidth limit is called
the Nyquist frequency, after a pioneer in
information theory, Harry Nyquist. For a
PCM system with a sampling frequency
of 44.1kHz, the Nyquist cutoff frequency
is (44.1/2) = 22.05kHz.

When we attempt to sample frequen-
cies beyond the Nyquist limit, they in-

== |
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Figure 1. Absolute group delay of a Murata AFL-811T20000A6 louw-pass filter, with a super-
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Figure 2. Absolute group delay of an Apogee 944G low-pass filter, with a superimposed 1kHz

square wave response trace.

teract with the sampling process and fold
back down below the Nyquist frequency.
In audio-band sampling systems, this ef-
fect means that ultrasonic signals beyond
the Nyquist frequency can generate un-
wanted or false audible sounds unrepre-
sentative of the audio signals we are at-
tempting to digitize.

These unwanted, false signals are
called aliases. An anti-aliasing filter is in-
serted in the audio path to remove, via
low-pass filtering, any signals that could
cause aliasing. Such a low-pass filter
would not be necessary if we knew for
sure that our signal of interest contained
no frequencies above the magic Nyquist
frequency.

The majority of today's anti-aliasing

low-pass filters used with 16-bit linear
pulse code modulation (PCM) systems
were designed to exhibit as flat a fre-
quency response as possible in the audio
pass band, and then attenuate as rapidly
as possible past their cutoff frequency.
Achieving the extreme slope and deep
stop-band attenuation of such low-pass
filters is no easy design and manufactur-
ing feat. It requires the acceptance of cer-
tain compromises and side effects.

Any design requires just the right
balance of tradeoffs; when these low-
pass filters were designed, it was be-
lieved that alias protection was of para-
mount importance. The general consen-
sus exsisted that the ear was sensitive to
potential aliasing products, but insen-

e

Continuing

Westlake
Audio

of supplving the equipment

to earn the

privilege

for vour technical creativity!

A partial listing of recent
deliveries to customers who
received the best products, on
time . .. at the fairest prices.

¢ PREAMORE Inc., North Hollywood
tvideo post production) Sony PCM
3324-24 track digital recorder.  Sony
PCM 1630-2 track. o TREVOR RABIN
& PAUL DE VILLIERS 'Producers
wWriters, Artists- “Yes!”, "Mr Mister™)
Sony PCM 3324-24 track digital recorder
¢ FDIS LABS, Hollvwvood (Hank Waring-
analog and digital mastering) Complete
Ch mastering system comprised of
Sony PCM-3202, Sony DAE-1100 Digital
Fditor, DMR-1000(2) & DME-2000 Digital
Master Recorders, PCM-1630 Digital
Audio Processor, DTA-2000 Digital Tape
Analyzer, and other peripheral gear
e MODERN SOUND, Hollvwood (video
& post production! Trident Series 80B,
3o-input mixing console, Sony JH-24-24
track analog recorder, Sony MXP-3000
32 input mixing console, Westlake
BBSM-12 monitor systems o THIRI
WAVE RECORDING, Torrance, CA
{audio recording and post production)
Harrison 40-input "Raven’ mixing con-
sole, Sony JH-24 analog recorder
e MICHAEL HONIG (film & album
producer, “Jewel of the Nile”, “Koyani-
sqaati”) Soundcraft T$-24 mixing con-
sole with Sony JH-24 multitrack re-
corder e CANNON FILMS, Los Angeles
(production and post production for
films and video} 1-Sony MXP 3000, 36
input completely automated mixing
console, 1-Sony MXP 3000 20-input con-
sole ¢ WORLD WIDE CHURCH OF
GOD, Pasadena (Ambassador College
& Auditorium) 3-Sony MXP 3000 (36 &
20 inputs) mixing consoles ¢ KCET-
TV, Los Angeles ('TV Station) Sony MXP
3000 36 input mixing console e JAMES
NEWTON HOWARD (solo artist & pro-
ducert complete studio and acoustic
consultation. Equipment including
Sony JH-24, Soundcraft 2400 console
and peripherals.

(213) 851-9800

Westlake Audio Professional
Equipment Sales Group

7265 Santa Monica Boulevard
Hollywood, CA 90046
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Anti-aliasing/Anti-imaging
low-pass filters

For the purpases of comparison, this
arficle includes figure illustrations and
data derived from filters used in digital
multitracks and 2-rock  fransports,
The filters considered here incltde:

* Murata AFL-811T20000A5—his
was the standard filter used in the Sony
PCM-3324 DASH-formar digital
24-frack before the infroduction of the
Soshin fsee below). It is almost fden-
tical fo the Murata AFL-811T20000A6
used in the Mitsubishi X-800, X-850
and Ctari DTR-900 32-track PD-format
machines. the min difference being
the inclusion of an owlpat buffer in the
AR version.

* Soshin 20kHz—this unil now
supercedes rthe Muorata in rthe
PCM-3324

* Sony BH-106—the [inear phase
filter used in the input stage of the Sony
PCMETR30 processor and  POM-3202
DASH-format 2-track.

* Apogee 9445—a pin-compatible,
linear-phase replacement for  the
Murata  S1ITHOO00ASAG and the
Soshin,

* Apogee S44G—an alternate pin-
compatible, linear-phase replacement
far the Murata 81ITH000A5-A6 and
Soshin, but with a gentler rolloff slope,
* Sony I70-11—standard filters used
in the Sony PCM-FI fand related EIAS-
formal processors),

* Sony DTC-JO00Es—an R-DAT
recorder.

Measurement techniques

The filter response measurements

Figure 3. Deviation from linear phase
response for a Murata AFL-811T20000A6 lou~
pass filter. (Note that the data presented here
contain the same information as that of
Figure 1, except that the X-axis is now
calibrated in deviation from linear phase,
rather than absolute microseconds.)
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Figure 4. Deviation from linear phase
response for an Apogee 994G lourpass filter.
(Note that the data presented here contain the
same information as that of Figure 2, except
that the X-axis is now calibrated in deviation
from linear phase, rather than absolute
microseconds.)

were made af Deane Jensen's labora- 3 - <

fory wsing the new Hewlett-Packard
HP5183T waveform recorder and
fatlored  pseudorandom noise wave
forms programmed info o Waovetelk
275 Arbitrary Waveform Generator.
The 12-bit dithering 4 megasamples
secord digitizer with COMTRAN soff-
toare yields network transfer-finction
measurements up to 1L66MHz with cer-
tified accuracies of + 000248

An additional HPI3254 frequency
synthesizer is used as an external clock
with o closed-loop  triggering con-
figuration fo achieve precision for time
defay and phase measuremenis of Ins,
eguivalent fo 0.00° at 258Hz.

Responge errors of the fest eguip-
ment, fixtures and cables gre canceled
using deconvolurion, deffined as FFT o
impur and oufput waveforms followed
by complex division. The resulting
transfer-function data file is used to
plot graphs for magnitiede, deuiation
from finear phase, group delay, sftep
response and SQUOre Wane response.

Figure 5. Deviation from linear phase
response for a Soshin lou~pass filter.
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Figure 6. Deviation from linear phase
response for a Sony BH-106 lou-pass filter.
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Figure 7. Deviation from linear phase
response for an Apogee 944S lourpass filter.
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Figure 8. Deviation from linear phase
response for a Sony 170-11 lou~pass filter.

Figure 9. Deviation from linear phase
response for a Sony DTC-1000 R-DAT
recorder. (Note that the response shown here
is for the recorder’s overall record/replay
process at a sampling frequency of 48kHz.
However, because of oversampling at the
unit’s D/A output section, the response shown
here is essentially that of the low-pass input
filter circuits.)

13

Figure 10. Computer-generated 1kHz square-
wave response of an “ideal” 20kHz anti-
aliasing Iou-pass filter.
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sitive to the by-products of using filters
that had steep rolloff slopes.

Although these design criteria pro-
duced excellent-looking technical specifi-
cations, in hindsight, they underesti-
mated the ear’s true sensitivity to filter
by-products.

Harmonic skew or smear

An ideal low-pass filter, passing audio
frequencies to the highest frequency of
interest, should exhibit—in theory at
least—no sound of its own. A major con-
tributor to the sound coloration of anti-
aliasing and anti-imaging filters common
today is their different time delay at dif-
ferent frequencies—in other words,
frequency-dependent delay. A device
that exhibits a constant delay with vary-
ing frequency is said to exhibit a flat
group delay; expressed in degrees of
phase shift, the phenomenon is called
linear phase response.

Filters used in the current generation
of digital multitracks do not exhibit a
constant delay vs. frequency. The delay
at lower audio frequencies is around
50us, increasing to around 60us-70us at
10kHz, 275us at 20kHz and a peak of
475us at 22kHz. The 50us is pure delay,
or a measure of how long you have to
wait to hear the signal pass through the
filter. The difference between 50us and
275pus to 225us is the group delay distor-
tion, or deviation from flat group delay
at 20kHz as shown in Figures 1 and 2.

The consequence of this deviation
from flat group delay (or deviation from
linear phase, measured in degrees) is that
higher frequencies take longer to pass
through the low-pass filter. Musical in-
struments express their personality and
stereo image with a complex set of har-
monics, all of which are related to the

fundamental in both amplitude and
phase.
When these low-pass filters were

designed, it was thought that the ear was
insensitive to phase information, and
that just preserving the amplitude infor-
mation was sufficient to accurately
represent the sound. It is obvious that
this approach is a convenient method of
sweeping the distorted group delay
under the rug, so to speak, because each
time complex harmonics passes through
a filter, the fundamentals become further
separated from the higher harmonics
and, at some point, that time difference
will be clearly audible.

Independent listening tests® have
shown that the threshold of audibility of
distorted group delay is much lower than
previously thought. With the right type
of source material, listeners report that
listening through one generation of fil-
ters (one on the A-to-D side and another
on the D-to-A) produces audible results.

Harmonic signature

To visualize the above distortion, im-
agine a simple recording chain involving
just two digital audio generations. If an
acoustic guitar is recorded onto a digital
multitrack and then mixed via an analog
board to a digital 2-track, during play-
back the signal will have passed through
four low-pass filters. If these are the stan-
dard type of filters in common use today,
the complex higher harmonics that ex-
press the guitar's subtle nuances will be
separated from the lower fundamental
by almost 1mS at very high frequencies.
In that period of time, sound travels ap-
proximately 1 foot—the effect is like
moving the tweeter in your nicely coher-
ent speaker system away from you by 12
inches!

Admittedly, this long separation of
time occurs at almost inaudible frequen-
cies. From an analysis of Figures 3 thru
9, however, it is obvious that at even
moderately high frequencies the har-
monic signature of musical instruments
has been altered by filters that deviate
from a perfect linear-phase response.

Testing with square waves

There have been quite a few theories
offered to explain the poor square-wave
response of digital systems. We read
where a digital audio designer suggested
that square waves can tell us a lot about
transformers and amplifiers, but they tell
us very little about digital audio. “It is
probably best that you don’t look at
them,” the designer concludes®.

We disagree. Although there is no sub-
stitute for actually listening to music,
square-wave testing does provide much
information in one scope trace.

Although these criteria
produced excellent-looking
specifications, they
underestimated the ear’s
true sensitivity to filter
by-products.

A pure sine wave contains no har-
monics other than the fundamental.
When we use it to test a filter, we are
looking only at one narrow area at any
given moment. A square wave, on the
other hand, presents a broad view
because it is rich in odd harmonics ex-
tending far beyond the pitch of the fun-
damental.

The only time we recover an exact
square wave at the output of the device
under test is when these harmonics are
added to the fundamental sine wave in
just the right relationship of amplitude
and phase. Viewing a precise square
wave is an easily recognized, albeit
rough, electronic analogy to undistorted
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Figure 11. Calculated from transfer-function
measurements 1kHz square-wave response of
a Murata AFL-811T20000A6 lourpass filter.
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Figure 12. Calculated from transfer-function
measurements 1kHz square-wave response of
an Apogee 994G lourpass filter.

harmonic signatures of musical instru-
ments.

Why don’t we see pure
square waves with digital?

Sampling rate standards for digital tape
recorders define our audio bandwidth.
When we filter an analog signal prior to
conversion to digital, we intentionally
remove the harmonics that could cause
aliasing. If we filter a square wave with
an “ideal” low-pass filter as shown in
Figure 10, we remove the upper har-
monics that pull the component sine
waves into a square wave. Without up-
per harmonic sine waves to build a nice
clean edge, we are left with some over-
shoot and some bumps. This effect is
called the Gibbs phenomenon.

When the upper harmonics that do
make it through the filter are shifted into
a different time frame, they can cause a
large increase in overshoot. Increased
overshoot reduces the dynamic range,
and can be compounded through each
successive generation of filters. Dynamic
range can be reduced by up to 1dB with
typical filters for each stage of filtering.

You'll notice from the accompanying
square-wave responses in Figures 11 and
12, that each filter has a characteristic
ringing frequency. In general, steeper
cutoff filters tend to ring with a greater
amplitude and take longer to decay. In
most of the present-day filters, the ring-
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Figure 13. Rolloff and stopband response of Apogee 944G (*1), Apogee 944S (*2), Sony BH-106
(*3), Murata AFL-811T20000A6 (*4) and Soshin (*5} low-pass filters.
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Figure 14. Noise and total harmonic distortion performance of Apogee 944S (*1), Sony BH-106
(*2), Murata AFL-811T20000A6 (*3) and Soshin (*4) low-pass filters.

CCIF 19/20K CCIF(%) vs. AMPL (dBu) .
0.1 —— J_—J_ltﬁ
= 7
Fi i |
& fa [
F i
‘Ir(/'/”5 _H/.“‘ #3
0.010 - 5
e R f’ ™ -1
< i r, 1
!’ JI
. 7 —
e #2
e
#
0.001
0005 = 10.0 -5.00 0.0 5.000 10.00 15.00

Figure 15. CCIF intermodulation distortion performance of Apogee 944G (*1), Apogee 944S
(*2), Sony BH-106 (*3), Murata AFL-811T20000A6 (*4} and Soshin (*5) low-pass filters.

ing frequency occurs within the audible
range. The Murata AFL/A6 has a meas-
ured initial ringing frequency of
16.5kHz, the Soshin—16.7kHz, the Sony
BH-106—19.1kHz, the Apogee 944S—
21.75kHz and the Apogee 944G—
23.75kHz.

Our experiments with a variety of flat
group delay, gentle and sharp rolloff
filters suggested a definite audible advan-
tage was to be gained from using a gen-
tle slope. Researchers Roger Lagadec
and Thomas Stockham have pointed out
the audible effects of using steep rolloff
filter shapes. Existing filters work hard at
protecting our ears from aliasing below
the threshold of hearing; ultra-steep roll-
off and 90dB of attenuation assumes that
we will be recording audio signals con-
taining full amplitude beyond 20kHz!

In the real world, however, it is rare to
find high amplitude signals at frequen-
cies much higher than 10kHz and,
beyond that, levels tend to steadily
decrease with frequency. Even high-
frequency bias leakage from analog tape
machines is substantially down in level at
frequencies that can cause aliasing.

Input filter requirements can be re-
laxed, therefore, with the knowledge
that aliasing frequencies are already
naturally attenuated and masked. These
filters are referred to as ‘“gentle”
although, as can be seen from Figure 13,
this is only a relative term.

A growing number of digital multi-
tracks have been retrofitted with gentle
rolloff, linear phase anti-aliasing filters,
and users universally praise the sonic im-
provement they provide.

Anti-imaging filter

Output filtering following D/A conver-
sion is common to all PCM systems, and
is designed to remove the high-speed
switching transients that cause ultrasonic
repetitions of the audio signal. These im-
ages of the audio signal are beyond
human hearing, but can cause distortion
in inputs designed for much lower fre-
quency audio. This anti-imaging or
reconstruction filter cannot remove any
aliasing. In many digital audio systems,
the anti-imaging filter is identical to the
anti-aliasing filter and, as a result, suffers
from many of the same shortcomings.

Noise and distortion

Traditional noise and THD measure-
ments of filters can be misleading above
a frequency of 10kHz, because the filter
can mask premature clipping and op-
amp distortion by removing the telltale
harmonics. Intermodulation tests (such
as the CCIF 19/20kHz technique) can
reveal hidden distortion, as shown in
Figures 14 and 15.

A common by-product of achieving a
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steep filter rolloff curve is a series of
bumps and dips in the audio band that
we wish to preserve. With careful design

| and manufacture. these ripples can be
minimized and. in some cases,
eliminated.

Component choice
Analog anti-aliasing and anti-imaging
filters are commonly mass produced as
thick-film hybrid circuits. with conduc-
tors and resistors silk-screened and fired
in a kiln. Such resistors can start their life
laser-trimmed to a high accuracy. and
then drift with time and temperature
| change. With incorrect mechanical ter-
| mination, resistors can bhecome slightly
non-linear and produce cistortion. Noise
performance, especially after laser trim-
ming, is inferior to that of metal-film
| resistors normally used in premium elec-
tronic circuitry.

} With the advent of surface-mount tech-
nology, it is now possible to design mini-
ature audio circuitry using premium

l components. High-performance audio
op-amps are also available in miniature

‘ packages, and their usz can improve
filter intermodulation distortion by an
order of magnitude (at higher input
levels) over some of today's designs.

Using a different set of criteria for anti-
aliasing filters that were designed a
number of years ago. it is possible to
design components that are better tuned
to providing optimum sonic perform-
ance. Our company has developed a
family of filters designed to retrofit to
existing digital multitrack and 2-track
recorders.

In closing. perhaps one of the best sum-
maries of the situation came from
acoustic consultant and designer Deane
Jensen. After measuring our filters to
yield the accompanying figure illustra-
tions. he considers that “the Apogee
linear-phase low-pass filters yield the
best sonic improvement for digital audio
since analog. These low-pass filters solve
‘the unnatural top-end,” which has been
one of the most common complaints of
today's digital sound recording.”

Editor's note: The mentlon of specific products in this
article is not to be taken as an endorsement by RE/P
or Intertec Publishing Corp. The article has been writ-
ten tor the purpose of satistying reader interest and
educational needs.

Our thanks to Sony Corporation for its support and
technical information; Village Recorders and George
Massenburg for the use of their digital recorders:
Deane Jensen for donating several weeks of his
valuable time; and Eric Benton of Jensen Trans-
formers for his tireless number crunching
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Hear the great wireless sound.
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Consider the size

Cetec Vega’s R-33 PRO PLUS wireless
microphone receiver mounts inconspicu-
ously on a camera. Or on a tiny corner

of your sound cart. Or in vour pocket. Or
on your belt. providing vou with program-
quality headset audio.

With the R-33 vou have a wide choice of
transmitters...any Cetec Vega DYNEX " |I
bodypack or handheld. A full complement
of useful accessories is included.

The R-33 provides 8 hours of operation
on a single 9-volt hattery. Audio is studio-
quality (e.g.. over 100 dB S/N).

All this. in a rugged package less than
12 ounces, and only 3,4 x 3-1 4 x 5-5/8
inches (HWD). Available in two colors...
PRO Brown/Cream or Camera Black.

€ Cetec Vega

the professional’s wireless
9900 Baldwin Place
El Monte. CA 91731-2204
(818) 442-0782
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Selecting and Usinga
Production Music Library

By Merelyn Davis

Commercial production music libraries provide a
viable alternative for scoring video and film projects.

Does the following sound like a
familiar scenario? About an hour before
the mix, your client calls to tell you that
she may be needing music for her com-
mercial spot/A-V production/video sales
presentation/etc., and would you please
pull a few stock music albums with some
appropriate cues. A bit of digging under
the console for the albums, a bit of
creative fading and voila—you have a
music track.

Unfortunately, such misuse of music
libraries is all too common, and is partial-
ly responsible for the view held by many
mixers and producers that library music
is a second-best choice. In this article, |
hope to help correct that view, and pro-
vide a few pointers on how to effectively
score your next production using music
libraries.

There are three important elements
that must be present if you are going to

Merelyn Davis has been a music designer/editor with
The Music Design Group, Hottywood, since its forma-.
tion six years ago. Her tatest projects include Martin
Mull's The History of White People In America, Play-
boy Video Magazine; network shows Valerie and
Nothing Iin Common, The Third Annual Soap Opera
Awards and PBS' Harold Clurman: A Life of Theater.

carry out the procedures described in
this article. One is that you and your
client both realize that a good music
score is integral to a good production,
and that sufficient time and money must
be budgeted for producing this score.
Second, someone who has the
knowledge and talent for producing such
a score needs to be involved in the proj-
ect from the start. Third, you need access
to a good music library.

Know your library

Before beginning any production, a
thorough knowledge of your own (or in-
tended) library is imperative—and I don't
mean simply memorizing the descrip-
tions for each cue found on the back of
the album cover! You need to be familiar
with the general musical contents of
each album, and with your own personal
feelings about each cue. For many, this
familiarity leads to the development of a
system of annotation and cross-
referencing, often using a computer
database.

On the other hand, it is important not
to let a particular cue become associated
with only one application. Some cues, by

The author during a music spotting session at
The Music Design Group, Hollywood.

their nature, are limited in their usage.
For example, a big orchestral ending is a
big orchestral ending; but you could con-
sider, under certain circumstances a Fif-
ties rock-and-roll cue for, let's say, an
assembly line segment.

In addition to noting the primary mood
suggested by the cue, there are several
other things you should be listening for,
the obvious ones being style/musical
period, tempo, instrumentation and per-
formance quality.

A few of the not-so-obvious aspects
include:

¢ The nature of the melodic line;

® The texture of the piece, which has to
do with the number of instruments, their
timbre and the way they are combined;
* The manner in which the music is
mixed, including the nature of the am-
bience and reverb, and the prominence
or distance of the lead instrument(s), bass
line and percussion;

* The modality, key and meter, details
of which will be covered later.

All of the above parameters are impor-
tant, particularly if you are planning to

Recording EngineerProducer August 1987




Selected music cues can be transferred to
Y-inch tape from vinyl albums, Compact Disc
or reel-to-reel masters prior to fine tuning tim-
ings to match picture. The final edited master
would then be transferred to a time code-
striped Y-inch 4-track, or bounced up directly
to the 16- or 24-track multitrack master prior
to the sweetening and remix session

combine individual cues to score a long
production, or intercut different cues to
form a single cue.

There are a variety of library formats
that are important to note as you listen,
because they can be helpful in certain
situations. For example, although it
doesn’t occur often, some libraries offer
music suites. These usually take up one
side of an album and contain a main
theme, along with several different cues
based on that theme. As you can imag-
ine, such music suites can come in handy
when you need to maintain a sense of
unity in a lengthy presentation. (In fact,
this format is more akin to what a com-
poser would actually do when scoring a
production.)

Other libraries offer a main cue with
melody, followed by the same cue with-
out the melody—usually a matched-level
mix that can be intercut with the main
cue—followed by a pre-cut 60-second
and 30-second version. You may find, as
[ do, that you would rather edit your own
jingle-length cues. This technique allows
you to include portions of the cue that
apply to your particular spot, and to

The author among an extensive music library
available at The Music Design Group.

found that the 60-second and 30-second
pre-cut cues are not always accurate in
their timings.

Aside from a few libraries which are
available only on Compact Disc, most
major libraries are now issuing only
selected releases on CD. The majority of
music library albums are still only avail-
able on LP and %-inch tape. Unless you
live in New York or Los Angeles, where
you can go directly to the library
publishers and borrow tapes, ideally you
should purchase both the LP and the
Va-inch—the LP for day-to-day audition-
ing, and the tape for transfer.

If you can't afford to purchase both for-
mats, make yourself a tape copy of the
LP when it is new. If the LP you have
been issued is faulty, return it and re-
quest a new one. Always transfer at
15ips, stereo, using dbx or Dolby A-type
noise reduction if possible, and leader
and slate each cue. You will find it makes
cuing easier if you use a 7-4 low-torque
reel rather than a 10%-inch reel for your
transfers. Of course, as more albums
become available on Compact Disc, the
above exercise will—fortunately—be-

catch internal cue points. Also, | have | come unnecessary.

From time to time you will come
across cues that are absolutely fantastic,
although usually limited in their usage; a
cue that sounds exactly like the Beach
Boys, the James Bond theme or an im-
pressive electronic glissando that you
know you can use somewhere. If, like
me, you think that you'll remember
where the cue is when the time comes to
use it, it's a safe bet that you won't. Keep
a list of these cues as you come across
them.

Also, if you find you need a cue that
your library doesn’t contain, call the
library representative. If they have it,
they will send it to you. In addition, a few
libraries are now offering a scoring serv-
ice and will have cues composed for your
specific need, or have an already ex-
isting library cue rearranged to your
specifications.

Designing the music track

The first thing to do when designing a
music track for your presentation is to
“spot” the show for those places where
music will be needed. 1deally, you will be
able to do this with the people who will
be making the final decisions on music
selection. Although the spotting stage
must often be done from a script—and a
rough draft at that—you should still try to
view at least a rough-cut of the picture, a
storyboard or a run-through of the slides.

The more you can be involved in the
pre-production stages, the more suc-
cessful and integrated the music track
will be. If you can manage to talk to the
person who conceived the show or who
is writing the script, and provide them
with some samples of the kinds of music
that will be available when the time
comes, the production can even develop
with the music in mind.

For example, a really top-notch open-
ing cue can inspire a graphic artist pre-
paring the slides to new heights. | have
even had a producer approach me
before shooting specific scenes so that he
could take away some selected cues on
audiocassette for playback in the field—
to aid him in “choreographing” the
shoot.

Although I'd be the first to admit that
the instances of this kind of cooperation
are rare, sometimes all it takes is a sug-
gestion to the right person.

It's a strange thing about producers
and pre-production: there never is
enough time or money to involve the
music designer/editor ahead of produc-
tion. But, when the show is finished, and
music is the only thing that can save
what turned out to be a poor production,
the rush is on. Music cannot save a bad
show; it can, however, help a mediocre
one and, when properly used, definitely
makes a good show éven better.
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Din

Direct Metal Mastering

U.S. Only Complete
DMM Facility -

» Disk Mastering
Suite

* Hi-Definition
Plating

» State-0f-The-Art
Pressing

For
brochure & pricing,
call or write

EUROPADISK LTD.

75 Varick St.
N.Y. 10013
(212) 226-4401 |
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VK The |

DeWolfe |
Music
Library
Now Has

Compact
Discs

DeWolfe Music Library, Inc
Call Collect
(212) 382-0220
25 West 45th Street
New York, NY 10036
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An extract from the author’s music cue sheet for the opening section of A Day In The Country, a
recent PBS special. The sheet lists the various cues, their in and out time code locations, lengths,
accompanying visuals and music source, plus information that might be useful to the mix
engineer during the sweetening session,

During the spotting stage, keep in I objectivity can be valuable, especially
mind that there should always be a | when everyone else there may have
reason for using music in a particular | been working on the project for months,
place. For example, the music might help | and may be short on fresh approaches.
to tie several short, diverse segments | Make your spotting notes as detailed as
together; to separate segments; to punc- | possible in terms of mood, pacing and
tuate important statements or action; to | style, especially if you are not going to be
move the action along; to set a period or | seeing the show again for a while.
to enhance a mood. | When it comes time to do the final
Regarding the length of cues, my own | spotting—for example, the one fronr
rule of thumb is that a single piece of | which you will be taking final timings for
music should last no longer than two | the music cues—it's best to work with a
minutes. If a cue needs to be longer, | videocassette copy of the presentation
either find a piece of music with enough | that has continuous time code burned in-
variety to sustain interest, or combine | to the picture. By using a VCR remote
several shorter cues. On the flip side, you | control with a search controlier, you will
have to guard against using too many | be able to notate the first and last video
short cues that fall one after the other, a | frame of each segment needing music,
format that leads to a choppy feeling | calculate the total time and keep track of
(unless, of course, they are being used in | running times on all of the internal
“newsreel”’ montage style). points that you want to catch musically.
Another prevailing rule of spotting— It is also valuable to have ready access
especially for documentary style—is that | to a videotape while you are choosing
music should not be used while people | the music, since your memory of what
are talking on-camera. This rule is often | should work, and what actually will
difficult to obey when the picture is | work, are often different. It is important
switching back and forth between talk- | that you have accurate timings, for you
ing heads and action footage. In these | are going to be editing music to “fit” the
cases, keep the music going but edit it in | picture rather than the “fade-it-in-and-
such a way that the least obtrusive por- | out-and-hope-something-catches”
tion of the cue falls under the on-camera | method.

dialogue.
While you are viewing the script or Selecting cues
visuals for the first time, jot down your { Choosing cues is the most crucial and

initial feelings about the kind of music | the most difficult part of the process. It is
you hear for each segment. This fresh | at this point in the proceedings that
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Microphones

In the swudio. over the air or up on
stage, there’s a Fostex RP mic
specifically designed for the job at
hand. RP stands for regulated phase,
a transducer technology which has
been awarded over 20 international
patents to date. These mics have the
warmth of condensers, the ruggedness
of dynamics and a sound as transparent
as it gets.

' Headphones

These are more outstanding examples
of RP Technology. Model T-20 has
become almost legendary among
studio musicians, producers and
engineers. Its flat response at any
listening level and its comfortable
design help vou listen longer without
fatigue. And the sound is so clear and
well-defined, critical listening is
| enjoyable.

Speaker Systems

You're up & going with Fostex PA sys-
tems. Modular designs let you control
the sound according to the needs of the
event. Stack them, gang them. From
a simple portable PA to an entire rig,
look to Fostex speaker systems to help
you solve your sound problems.

Complete PA Systems

Look to Fostex for any and all of your PA needs.
Complete systems or individual components. High

quality sound from input to output.

Powpred
Mixers

" Fostex

Pro Sound Division

15431 Blackburn Ave., Norwalk. CA 90650
(213) 921-1112

Model MP-800 has 8 inputs and delivers 180 W per
channel and Model MP-1200 has 12 inputs and
delivers 250 W per channel. These ruggec, road wor-
thy stereo mixers have quiet running fans, digital
echo, normalled connections at all critical patch
points, stereo graphics on the mains and super
monitoring flexibility. The best at any price.

© 1987 Fostex Corporation of America
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An extract from the music clearance log corresponding to the same section of cues detailed on
the attached music cue sheet. Listed on this log is the information necessary to ensure that
copyright clearance is secured (either blanket or per use) for each identified music track.

familiarity with your entire library will
save you the most time.
By now, you should have a good (but

| not necessarily set) idea of the overall

musical style you want to use for the
show. Knowing what your library pro-
vides in that style (or related styles)
means that you can proceed along those
lines, and not worry about having to
change directions because you couldn't
find enough material.

Sometimes the opposite occurs; know-
ing what types of interesting and appro-
priate music you have in your library
might provide you with an idea for the
overall musical style. Also. | often find
that once | have started choosing cues, |
will come across a dynamite piece of
music, and the entire score ends up being
built around that particular style and tex-
ture of instrumentation. This technique
helps to lend a large degree of musical
unity to the score—an important feature
to strive for if you want your music track
to sound as though it were scored.

Musical unity can be obtained as simp-
ly as, let's say, just using cues performed [
by synthesizers throughout the produc-
tion. Other potentially unifying factors

I include the ensemble's size; the type of

The Aphex Compellor:

Invisible Compressionin Stereo or Mono.

The Aphex Compellor is the most
acclaimed compressor/leveler/peak
limiter ever made. With good reason. ...
you simply can't hear it work. It doesn't
add any color or other sonic effects. Best
of all, the Compellor is easy to use. Set it

products.

once and it goes to work automatically . ..
inaudibly controlling your dynamics.

Ask your professional sound dealer for
a demonstration of the remarkable Aphex
Compelior. Available in monaural and

stereo versions. Or write us for the name
of your nearest dealer and more infor-
mation on the full line of innovative Aphex

: - ; L,,,.&

T
SeLECT S

Aphex Systems Ltd.
ﬁxi 13340 Saticoy St. N. Hollywood, California 91605
(818) 765-2212 TWX: 910-321-5762
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instruments and the predominance of
one or more of them; or the style (for ex-
ample, Seventies industrial, film-style or-
chestral, etc.).

Additional production factors that will
influence your choice of music include:
¢ the demographics of the audience for
whom the production is intended,;
® the playback mode and location;
¢ the purpose of the production;
¢ the type of sound effects to be used
and where;
¢ the pacing of the picture editing;
¢ the voice-over timbre.

Add to these the client's tastes and
wishes...and you get a total picture.

Speaking of the client, one of the more
common requests | receive—usually in
relation to “saving” a show—can be
summed up as follows: “Use the unex-
pected...play against the picture..we
want our product to be different.” This
approach is valid and has its place. My
own general philosophy, however, is to
use music which works and, which more
often than not, is what the audience is
used to hearing.

The trick is to use the music more
splendidly than they may have ever ex-
pected it to be. It doesn't matter whether
the project you are working on demands
dated or current styles; if a piece of
music is right for the picture, and the
audio quality all the way down the line is
superb, it will be effective.

Music editing

After deciding which cues to use, it's
now time to transfer the music from the
master tapes or CDs to the editing
medium. I'll restrict my comments to
editing on audiotape, because that's the
medium [ use. The methods described
here, however, are equally applicable to
cutting on film or electronic editing.

First, preserve the master quality by
using noise reduction, or at least by dub-
bing machine-to-machine without extra
electronics in the console. Depending on
your final product, by the final mix the
music may be as many as seven genera-
tions away from the master. Transfer the
cues (in the order in which they appear
in the show) at 15ips, stereo. Even if a
show is going to be presented in mono,
there is always the possibility for a future
revision in stereo.

There are many different ways to
make a music cue fit a specific visual se-
quence, and generally the easiest but
least effective method is to fade it in and
out. Unless you luck out, this does not
result in a scored sound, which is what
this article is about. However, there are
indeed occasions when a fade is
preferable, such as when transitioning
from visuals into talking heads, or when
you want to “sneak” the music in just

The Sanken CMS-7
cardioid (or CMS-7TH
hyper-cardioid) micro-
phone, the tirst MS stereo
mic that accurately repro-
duces a natural stereo
image in any environment.

TRUE STEREOIN A

PORTABLE MICROPHONE!

Sanken, maker of the world-acclamad CU-41 CD-recording
microphone, is pleased to announce the new CMS-7, the firs! portable
MS stereo condenser mic that accurately captures a natural stereo
perspective in any environment. Ideal for TV and radio troadcasting
motion picture making and studio recording. Its corrosion-free fitanium
diaphragm is immune to temperature and humidity changes. and per-
forms superbly in adverse conditions. Battery power supply/switchable
matrix box, which clips to your belt, carries an aperture cortrol for
focusing the stereo perspective. For more information, please contact

LOS ANGELES Audio intervisual Design
Tel: (213) 469-4773

Studio Supply Co-. Inc
Tel: (615) 366-1690

NASHVILLE

Sanken|

NEW YORX Martin Audio Video

CANADA

Tel: (212) 541-5900

Gould Marketing. Inc
Tel (514) 342-4441

Japan's most original microphone maker

Sole exbor; age;n; Pan Communicatio-r;s, Inc.
Azabu Heights, Suite 607, 1-5-10, Roppongi, Minato-Ku, Tokyo, 106, Japan

Telephone 03-505-5463/Telex 2423934 KNMPCM
Telefax 03-505-5464/Cable Address PANCOMMJPN

orp
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The following list of the major pro-
duction music libraries is not compre-
hensive, nor does it review or recom-
mend any particular library. However,
we have provided addresses, phone
numbers and Rapid Facts card
numbers to make it easy for you to
contact them. Most libraries will be
happy to send you a demo of their
music as well as a price list.

Air Craft Music Library
77 N. Washington St.
Boston, MA 02114
800-343-2514
or

25 E. 21st St.
New York, NY 10010

Circle (99) on Rapid Facts Card

Associated Production Music
888 Seventh Ave., 12th Floor
New York, NY 10106
212-977-5680

Circle (100) on Raplid Facts Card

or

6255 Sunset Blvd., #*724
Hollywood, CA 90028
213-461-3211

Circle (101) on Rapid Facts Card

Capitol Production Music
1750 N. Vine St.
Hollywood, CA 90028
213-461-2701
Circle (102) on Rapid Facts Card

Emil Ascher, Inc.
630 Fifth Ave., Suite 660
New York, NY 10111-0071
212-581-4504
Circle (103) on Rapid Facts Card

Major production music libraries

Regent Recorded Music
7060 Hollywood Blvd. Suite 800
Hollywood, CA 90028
213-461-9926

Clrcle (104) on Rapid Facts Card

DeWolfe Music Library
25 W. 45th St.
New York, NY 10036
212-382-0220
Circle (105) on Rapld Facts Card

First Com
13747 Montfort Drive, Suite 220
Dallas, TX 75240
214-934-2222
Circle (106) on Rapid Facts Card

Network Production Music
4429 Morena Blvd.
San Diego, CA 92117
714-272-2011
Circle (107) on Rapid Facts Card

Omnimusic
52 Main St.
Port Washington, NY 11050
516-883-0121
Circle (108) on Rapid Facts Card

Soper Sound Library
Box 498
Palo Alto, CA 94301
Circle (109) on Rapid Facts Card

Thomas J. Valentino Inc.
151 W. 46th St.
New York, NY 10036
800-223-6278
Circle (110) on Rapid Facts Card

before the end of a section. The re-
mainder of this article, however, will
concentrate on editing techniques that
provide that “tailored” sound.

Scored music cues have definite begin-
nings and endings. and follow the action
and pacing. In order to achieve the same
effect with library music, you need to
first audition the cue thoroughly and
choose those portions that will best fit
the visuals. While you are auditioning
the cues, try to get some rough timings of
those portions, compare those with the
total time you need and listen to whether
or not the cue modulates (changes keys)
within the piece. You need to take note
of modulation because either the actual
ending needs to be in the same key as
the beginning—or you'll need to edit the
cue so that it contains the full turnaround
from one key to another.

If you don't have perfect pitch, you can
save yourself some time by using a pitch
pipe. Your reference point should be
tonic or “do” (first note of scale) for that

particular key. Very often, this is the bot-
tom note of the chord found at the very
end of the cue. A cue can also begin this
way but, quite often, it does not get to
tonic for several measures. The good
news is that composers who write for
music libraries know about editing, and
their music is usually written to stay in
the same key, mode, time signature and
tempo throughout. If anything does
diverge, it's usually within the cue, and
you'll find that it will return to the
original before the ending.

Once you've decided which portions of
the cue to use, now comes the time to
decide how to best edit it. If you have no
internal picture points to catch, or
specific musical portions you want to
use, it may just be a matter of finding an
opening piece of music and then chop-
ping on the ending. Because many com-
posers make the introductory (read:
“repetitive”) portion of their piece longer
than need be, you will probably want to
start by trimming the intro. Then. using

either your tape machine's timer or a
stop watch, begin timing from the point
at which you want the cue to begin, and
continue until you reach the total re-
quired time (Point A).

Take note of where you are musically
at this point, then fast forward to the end
of the cue and look for a musical point
somewhere around the ending that
would allow you to join it to Point A.
Never mind if this will make the piece
longer than the time you need. The ob-
ject is to discard all the material in be-
tween the two points, and then trim out
bits and pieces to achieve an exact time
for the segment.

This method may or may not work,
however, depending on the point you
have reached in the music when it comes
time to tack on the ending. If vou are in
the middle of the bridge or B section, or
a modulation. proceed to the next edit-
ing method.

This method is useful when you wish to
include several specific parts of a cue, as
follows: Go through the cue and cut all of
those parts together, making sure that
they work musically and that the total
time is longer than the timing you want
to end up with. Then work vour way
through this new version and delete
pieces to achieve the correct length. As a
general rule, when it gets down to the
stage of having to eliminate seconds or
fractions of seconds, those pieces can
often be found either at the end of the
piece, or within linking sections.

If there are several internal cue points
to catch musically, you will need to do a
little pre-planning regarding what parts
of the music you want to hit at certain
parts of picture. Then you may literally
have to rearrange the cue, transplanting
a part of the cue from back to front, or
vice-versa. You could also tackle this
problem with a technique known as
assemble editing, which is used most
often by editors cutting music on film.

To assemble edit, you simply run the
cue up to the first timing where you want
something to happen musically. You
then fast forward the cue until you reach
a musical event that would be appropri-
ate for this punctuation, find a musical
way to join the two points and then
splice them together. In order to achieve
the correct timing for the "hit” to occur,
you may have to shave a bit from the
part of the cue preceding the edit. You
may also have to transfer the cue twice
to provide enough material to finish the
cue.

Editing tips
When you first begin tryving the editing
methods described here, you will prob-
ably run across as many problems as
there are types of music; your solutions
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must always be determined by your ears.
Being overly critical is always preferable
to hoping, for example, that someone in
the audience accidentally coughs at pre-
cisely the same point as your bhad edit.

Here are a few general tips that | can
pass on to you:
¢ [t will soon become apparent that
some textures are far more difficult to
edit than others: for example, long, held
chords that occur behind moving
melodic lines; blocks of opaque synthe-
sizer chords; and large orchestral tex-
tures with lots of reverb. The best way to
learn how to cut your way out of these
textures is to experiment. You'll gradual-
ly find out what does (and doesn’t) work,
both from the aspects of musical form
and physically cutting the tape.

Whittle away at edits, saving the pieces
of course, until you achieve the desired
result. If you cut the tape precisely and
don’t wrinkle or stretch it, you can
reinsert even very small pieces and fix
your edit. If all else fails, you can always
retransfer the piece.
¢ [f you must transfer your music from
vinyl albums, remember that you can
remove clicks and pops via editing,
depending on where they occur in the
music and how severe they are. Just

make sure your razor blade and grease
pencil are always sharp, and remove
miniscule sections of tape one at a time.
* When combining two or more cues—
either one after the other, or intercut to
form a single cue—always be aware of
their key relationships. There are certain
keys that are compatible with one
another, and keys that clash when heard
adjacent to one another. Even when you
choose cues in the same or compatible
keys, because of minute speed dif-
ferences during the recording or master-
ing process, the keys may be off just
enough to cause a clash. When this hap-
pens, use the varispeed control on your
turntable or tape recorder. Just
remember to make the speed corrections
when you transfer the cue; if you use
varispeed while editing, the real-time
counter on your tape machine will not be
reflecting the true total elapsed time.

¢ Varispeed can be used in a number of
other helpful ways. Sometimes you come
across a cue that just “won't edit” and,
try as you may, you are still “2-second
long or short. If there is no adjacent key
relationship to worry about, you can use
varispeed to correct the length, always
listening to make sure the instrumental

or vocal timbres are not being destroyed. |

(A flute should sound like a flute, and the '
Pointer Sisters should not sound like the
Chipmunks!) [f there are key relation-
ships to consider, you can start In |
varispeed mode at real time, and then
gradually alter the speed.

¢ If you have access to a multitrack, you
can sometimes solve certain editing
problems by cross-fading between tracks
from one portion of the cue to another. |
(This technique is particularly useful
when working with difficult sound tex-
tures mentioned above.)

And, finally, here are a few tips on the
mechanical process of editing: use a
splicing block that will give you the most
oblique angle for your cut; always make
sure your block and razor blade are |
demagnetized; and use only enough l
splicing tape to cover your splice with a
bit to spare. [

Although I do not have sufficient space
here to cover every aspect of music
selection, editing and theory, | hope that
some of the pointers offered will be of
some help. | especially hope that the arti-
cle has given a bit more credence to de-
signing with library music, and that you
will try it with your next project. [PF3¥

All photography by Elizabeth J. Annas.
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experts.

must-attend event for this fall.

St. Louis

Plan now to attend the working
engineer’s convention. View the latest in
broadcast equipment from leading
manufacturers. Attend technical sessions
designed to provide practical answers for the
problems faced by broadcast engineers.
Building on last year’s outstanding success,
the 1987 convention will provide more
exclusive exhibit hours and an outstanding
line-up of the industry’s best technical ‘

Don‘'t miss it:

The second annval SBE Natlonal Convention

aond
Broadcast Engineering Conference

The SBE National Convention and
Broadcast Engineering Conference — the

A.J. Cervantes Convention Center
November 10,11,12

It's About

TIME!

FOR A DIGITAL QUALITY

ALL NEW MUSIC PRODUCTION

LIBRARY THAT SOUNDS
GCREAT AND THATS
AFFORDABLE!

DIMENSION

MUSIC LIBRARY

World’'s Only Music Library
Containing ) Holophonic’s™

Digitally Mastered
Lifetime Blanket License

! (No Needle Drop or Annual Renewal Fee)

Available in C.D.’s or L..P.’s

FOR FREE CASSETTE SAMPLER. CONTACT
P.O. BOX 1561 » JUPITER, FLORIDA 33468 -

[HOLOPHONICS 1S A TRADEMARK OF ZUCCARELLI HOLOPHONICS, INC )

PHONE: 305/746-2222
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Public Relations and

Advertising Principles

for Recording Studios

By Bobbi Marcus

A well-developed public relations and advertising plan can establish
a recording facilities image and help maintain the necessary edge over its competition.

The pro-audio market is a highly re- | display and classified ads in the print me-

spected one, and it often can be difficult
to establish and maintain a presence
within the industry. No matter what the
size of your facilitv, a basic knowledge of
public relations and advertising can be
beneficial.

Although public relations and advertis-
ing are related. you shouldn't consider
them to be the same method. There are
some important distinctions.

Advertising uses paid media space, and
you determine exactly how. when and
where your message appears. It's de-
signed to communicate product or ser-
vice values to your customers in terms of
need, desire, quality or service.

Space can bhe purchased in the form of

Bobbi Marcus is president of Bobbl Marcus Public
Relations, a Los Angeles-based company whose
clientele includes Thomas Dolby. Herbie Hancock.
Jan Hammer. Universal Recording and Falrlight In.
struments.

dia and air time in the broadcast media.

Because you pay for advertising, you
can determine how successful it is by
comparing how many customers or
products you sell after running an ad or
series of ads.

Public relations, on the other hand,
communicates information, impressions
and ideas about your studio. It attempts
to give your customers and potential cus-
tomers a favorable response when they
think of your studio. This can be achieved
through the media (newspapers, trade
journals, television and radio). Public re-
lations involves the public's perceptions,
50 results take longer to achieve and are
harder to measure.

If your operation is large enough, you
can hire a person or agency to handle
your public relations. However, you may
not be able to afford one or can't justify
paying someone to do it on your behalf.

The alternative is to produce your own

campaign, which you can do in your
downtime or off-hours. If you work on
your own, there are a number of vital
steps to take in preparing a public rela-
tions campaign.

1. Target whom you want to reach.

The first thing to do is identify who you
want to reach with your message. Who is
going to be interested in your studio?
Who is likely to use the equipment and
services you provide?

2. Research the appropriate maga-
zines.

Obtain copies of every trade and con-
sumer publication that applies to your
operation. This includes technical trade
publications as well as musician-oriented
titles. Don't forget publications that serve
peripheral industries that you are in. If
you offer video post-production services,
for example, include the video trades.
3. Analyze the content.

Read the magazines and determine
their editorial formats. Do they list cur-
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rent sessions at studios across the coun-
try? Do they run items on new person-
nel? Are there in-depth articles about a
single studio? Are these written by staff
members or free-lancers? The type of
material a magazine runs and in what
form will determine what vou submit.
4. Obtain media kits.

Available from most magazines, niedia
kits usually include editorial calendars
and advertising schedules, as well as in-
formation on the audience a magazine
services.  Although  kits  usually  are
geared to advertisers. the editorial and
audience information will be useful.

5. Obtain any additional informa-
tion.

Some magazines have written guide-
lines that explain how vou should submit
material. Obtaining these can help vou a
great deal. Also check and see which
staff member should receive the mate-
rial. Magazines receive a great deal of
mail. and getting vour information to the
right person will help the chances of it
appearing

Once vou've finished vour research |

and determined whom vou should send
material to. the next step is to develop
material and send it to the appropriate
magazine

As mentioned, advertising has a sep-
arate role from public relations. Because
vou have control over advertising, vou
can present vour message the way you
want it. Your goal is a creative and ex-
citing ad. To achieve this. hire a tremen-
dous art director and/or copywriter to
design an ad

Basically, I don’t think that it is neces-
sary for a studio to hire an ad agency
You probably won't be advertising on ra.
dio. television or billboards.  Instead.
vou'll be concentrating on a few publica-
tions. With the assistance of a media kit.
vou can place ads voursel.

You've just added a MIDI room or
hired a new engineer, and you want to
put the word out. How do you prepare
a news release?

Publications are always looking for
news. Many things about your studio
or production facility may be news-
worthy. Before you write anything, first
think about what you do.

Is your studio the only one around
offering a certain service? Is it the big-
gest, the smallest. the busiest, the most
diverse? Does it have some new-
fangled equipment?

Who are your clients? Have any ma-
Jor bands or acts recorded a recent hit
at your facility? Have any commercials
produced in your studio won any
awards? Do you have any unusual
l clients?

When you determine that you have a
story with a good hook, write a short
and simple press release on your
studio’s letterhead. Include the who,
what, where, when, why and how of
the topic. Keep it short: two pages
maximum, double-spaced. One page is
better.

Assuming you've researched the ap-
propriate publications that you want
to send the release to (see main story),
and have prepared the release, mail it
in after checking to see that you're
sending it to the right person. Don't ad-
dress it to “the editor.”

Sometimes, a magazine will want to
use photographs. Depending on your
topic, send in a photograph along with

Dave Stringer is a Kansas City, KS-based
public relations consultant whose clients in-
clude computer and software companies, the
Marlboro Country Music Tour and The Sound
Factory studio.

Self-promotion for production facilities:
What constitutes news?

By Dave Stringer

the release. However, publications
have different standards about what
they will use, and it’s best to checX.

Some publications may have a »oli-
cy against running a “mug” shot of the
engineer you've hired, for examp'e. If
you do provide photos, submit buack-
and-white prints or color slides. Some
magazines may not accept color
prints, although some might. Do not
send instant photos. Gererally, they

Remember to provide captions de-
tailing equipment and indentifying all
of the people in the photo. Type these
on white self-adhesive labels and at-
tach them to the photo, or write them
on a separate piece of paper and fold
it around the photo. Whatever yoa do,
do not write on the back of the photo.

Depending on the type of release,
you can call and see if the editor re-
ceived it. For more in-depth releases,
calling would be fine, for equipment
and personnel announcements, it may
not be. It's better to wait about three
months after you send in the release. If
it hasn't yet appeared, you can check
on it or send in another one.

When you do receive coverage in
newspapers and technical magazines,
obtain additional copies or .aave
reprints made to include in your iales
literature.

The key to creating a good release is
to be constantly aware of the news
potential of your business. Look at
your local TV news, newspapers and
trade publications more critically.
Analyze the content of these stories to
see how the products or services that
you provide can fit in.

And when you have a legitimate
story concerning your facility, ge. the
word out.

The MRL Calibeatwon Graph

Magnetic Reference Laboratory, Inc,
229 Polaris Ave., Suite 4

Mountain View, CA 94043

[415] B65-8187

1 Agqunt: Gotham Export Co

d-swepl Treduency Lo
bigrd ponk
arirmuth
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IN OUR
CONTINUING
EFFORTS
TO SERVE
YOU..

From time to time, Intertec
Publishing Corp. makes its
subscriber lists available to
carefully screened companies
or organizations whose pro-
ducts, services, or information
may be of interest to you. In
every case, list users must sub-
mit their promotional material
for approval. They may use the
list onty once.

No information other than
name and address is ever
divulged, although names may
be selected by segments to
which the particular offer might
appealt.

We are confident that the ma-
jority of our readers appreciate
this controlled use of our mail-
ing lists. A few people may
prefer their names not be used.

If you wish to have your name
removed from any lists that we
make available to others,
please send your request,
together with your mailing ad-
dress.

Direct Mail Mgr.

Intertec Publishing Corp.
P.O. Box 12901

Overland Park, KS 66212

Specialized marketing involves an

appreciation of the concept of ‘positioning”

By Howard Geltzer

An audio production studio is a
special business requiring a specialized
expertise. To customers of this husi-
ness, however, a studio is simply a sup-
plier of service. To stand out in the
customer's mind among all the other
recording service suppliers. a studio
has to communicate its individual
niche.

Each studio has its own set of
characteristics that is different from the
characteristics of any other studio. Pro-
perly handled, these qualities can be
parlayed into a perceived advantage.
The most important consideration is
not necessarily whether vou have
digital multitrack capabilities, or the
largest suite in town. What matters Is
how your studio is perceived by vour
prospects. You have to establish your
position in the marketplace. The strate-
gy of positioning entails pinpointing
that distinctive niche, and making sure
prospects know what it is.

To initiate this strategv, a studio
must find out what is in the minds of
potential clients, what are their
preconceptions about its fucilities and
its competition. What s its current

Howard Geltzer is president of Geltzer & Com-
pany, a New York-based public relations
agency that represents Sony Corporation of
America.

position? Should it be changed or
should it be reinforced?

A studio must find a position in the
collective client's mind that is not
already occupied and that fits the
studio’s capabilities. Basic research of
a cross section of vour prime prospects
is essential. Don't forget key magazine
and newspaper editors in vour area.
They can he a great source of informa-
tion and they will plav a vital role in
your marketing campaign once it is
underway. And don't hesitate to ask
about the competition. Their weakness
may provide the basis for the position
that creates business opportunities.

After the position is defined, a studio
has a clear focus and a precise point of
view that enables it to attain more suc-
cessful publicity and more effective
public relations. It is crucial that public
relations be coordinated with all other
forms of marketing. The press releases
and the interviews arranged with the
technical press should complement
brochures and advertising, and all
elernents must be directed at furthering
the position.

In the final analysis, what a studio
needs is not more publicity, but better,
directed publicity, the kind that
relates to clearly defined marketing ob-
Jectives and furthers the facility’s
unique position in prospect’s minds.

Below is a fictitious example of how to construct a press release.

FOR IMMEDIATE RELEASE:
September 5, 1987

CONTACT:

Micnael Sutlivan
Southward & Assuciates
9209 West Chestnut St.
Burbank, CA 99506
818-843-1111

Greenwood Studios expands facility

Greenwood Studios, Hollywood, CA, has reopened its facility with expanded

control room capabilities and enlarged studio space.

The countrol room features electronic keybodrd interface and reverbs

including Lexicon 224, Yamaha REV-7 and SPX-90 units.

Also included is a Studer A-820 2-track deck.
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If you decide to place a display ad, be
careful of where you place it. An ad in
one publication may be appropriate
because of the audience it serves. while it
won't be appropriate (and will be a waste
of time and money) in another. Be sure
that you're getting the best value for
your money.

Advertising that's tied to editorial cov-
erage rarely, if ever, creates a good im-
pression. | generally don't recommend
placing an ad in the same issue in which
there will be a story about your studio. In
the long run, you'll have more impact if
ads are staggered.

Other opportunities

There are other avenues that you
should explore. For example, don't for-
get industry trade shows, where studio
personnel often participate in panel dis-
cussions and lectures.

Regional or local events are also im-
portant. Your studio can host a regional
SPARS meeting, host a record company
listening party or unveil a new piece of
equipment. It's a good way to meet po-
tential new clients and keep in touch
with current ones.

Don't overlook the consumer media.
Magazine-style TV shows and local news
programs and newspapers are interested
in entertainment topics. Although vour
focus will be with trade media, consumer
coverage can add some nice icing to
your cake.

Call local TV stations and donate free
use of your studio or facility for them to
tape special music-type interviews dur-
ing your downtime. Make sure that your
logo is visible in the background. and
that the station or production company
gives you a suitable on-screen credit line.

Some advertising agencies donate
their services to non-profit groups to
develop campaigns. Call around to local
agencies, also offering to donate your
services for their campaigns. But be
selective and keep these to a minimum.

Make your expertise available to news-
paper editors or feature writers on audio-
related topics. For industry issues that
can cross over into consumer media cov-
erage, such as R-DAT. you can make
yourself available. Editors often try to
localize a national topic, and you can be
a valuable resource if editors know
you're available.

Exploring options
Remember to always think of every
possible option when thinking about pro-
moting your studio. There are vast num-
bers of resources available, and with
careful planning, you can go a long way
in establishing your studio’s reputation.
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Colette series with interchangeable capsules for a
variety of applications.
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Get the Iron Out!

Since more than 10 years,

Schoeps has got the transformer out of the microphone.
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— Contact —

Klarion Enterprises Pty. Ltd. P. O.Box 379, South Meltourne, Victoris. 3235. Tel.. (03] 6135 41

Studer Revox Wien Ges.m.b. H., Ludwiggasse 4, 1180 Wien, Tel.: (0222) 73309

Heynen B.V.,Bedrijtstraat 2, 3500 Hasselt. Tel.. 011-210006

Centelec Equipamentos e Sistemas Electronicos Ltda.. 20561 Rio de Janeiro/R.J., Tel. (027) 268-79 38
Elnova Ltd., 4190 Rue Seré, St.-Laurent, Québec H4T 1A6 Tel.: (513) 341-6933

Lounamaa Electronics Oy, Uimarinpolku 27 A, 00330 Hels nki 33. Tel . 90-488 566

ELNO S.A., 16-20, rue du Val Notre-Dame, BE10C Arganteuil. Tel.: (1) 39.82.29.73

Audio Consultants Co., Ltd., 58 Pak Tai Street, Tokwawar, Kowloon, Horg Kong 8.C.C.. Tet.: 3-7125251
TDS - Tecniche del Suono S.r.1., Piazza Cnvelione. 5, 20148 Milanc, Tel.. 46.96.105

Kolinor Ltd., 18 Ha'arba'a Street, Tel-Aviv, Tei.: 03 - 263298

Imai & Company Ltd., 1-6 Tomihisacho, Shinjuku Tokyo, Tel (03} 357-0401

Heynen B.v.. P.O.Box 10, 6590 AA Gennep, Tei. 08851-96111

Siv. Ing. Benum A/S, Boks 145 Vinderen. Oslo 3, Tel.. (02) 14£460

G.E.R. Av.Esmdos Unidos da América, 51-5°, Do. 1700 Lisboa, Tel.: 88 2021

Singleton Productions, Via Augusta. 59 Desp 804 - Ecit Mercurio, Barcetona-6, Tel.. 2377060

NATAB Akustik AB, P.O.Box 6016, 55006 Jonkoping, Tel.. 036-1424 80

PAJAC - Jaques Zeller, Morges 12, 1111 Echichens, Tel.: (21-722421

Scenic Sounds Equipment Marketing Ltd.. 10 William Road. London NW 1, Tel.' 01-387 1252

Posthorn Recordings, 142 West - 26th Street, 10tn Floar, New York City, N.Y. 10001, Tet.: {212) 242-3737

Schalltechnik Dr.-Ing. Schoeps GmbH,

Postbox 410970 D-7500 Karlsruhe, Telex 7626302, Tel (0721) 42015/42011
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AR RECORD & TAPE MFG. CO.
AT SHARFF RENTALS
ACOUSTIC SCIENCES
ACOUSTIC SPACES

ADVANCED MUSIC SYSTEMS
AEG AKTIENGESELL SCHAFT
AEG CORP.

AGFA-GEVAERT

AKG ACOUSTIC, INC.

AKIA ELECTRONICS

ALESIS CORP.

ALLEN & HEATH BERNELL
ALPHA AUDIO AUTOMATION SYSTEMS
ALSHIRE INTERNATIONAL, INC.
AMEK CONSOLES INC.

AMPEX CORP.

AMTEL SYSTEMS

ANCHOR AUDIO, INC.

ANT TELECOMMUNICATIONS
APHEX SYSTEMS LTD.

APl AUDIO PRODUCTS, INC.
APOGEE ELECTRONICS CORP.
APPLIED RESEARCH & TECHOLOGY
APRS

ASHLY AUDIO INC.
ATLAS/SOUNDOLIER

AUDIO AFFECTS

AUDIO DIGITAL INC.

AUDIO ENGINEERING ASSOCIATES

AUDIO ENGINEERING SOCIETY

AUDIO KINETICS

AUDIO MEDIA RESEARCH

AUDIO PRECISION

AUDIOTECHNICA, INC.

AUDIORENT

AUDITRONICS, INC.

AURATONE CORP.

AXE ARTISTS X-PONENT
ENGINEERING

B&B SYSTEMS

BARCUS BERRY
ELECTRONICS, INC.

BASF

BENCHMARK MEDIA SYSTEMS

BERKLEE COLLEGE OF MUSIC

BERTECH ORGANIZATION

BEYER DYNAMIC, INC.

BITRONICS, INC.

BLACK AUDIO DEVICES

BRUEL & KJAER INSTRUMENTS INC.

BRYSTON/VERMONT

BURLINGTON AUDIO/VIDEO TAPE INC.

CAE/LITTLITE

CANARE CABLE INC.

EDITEL

EDITRON

EDUCATIONAL ELECTRONICS CORP.

ELECTRIC VALVE COMMUNICATION
CORP.

ELECTRO-OICE, INC.

EMBASSY CASSETTES

ENSONIQ CORP.

EUGENE ARTS FOUNDATION

EUROPADISK, LTD.

EVATONE INC.

EVENTIDE, INC.

EVERTZ MICROSYSTEMS

EVERYTHING AUDIO

FAIRLIGHT INSTRUMENTS

FENDER MUSICAL INSTRUMENTS

FMTUBE CRAFT SUPPORT SYSTEMS

FOSTEX CORP. OF AMERICA

You're in

s good company

when you

advertise in

— ENGINEER/PRODUCER—_
(Here are just

that advertise

Grmwarercs — Emgineoer/Producer):
CASSETTE TECHNOLOGIES

CENTRO CORP. FOUR DESIGNS CO.

CETEC GAUSS FRANKFORD/WAYNE MASTERING LABS
CHIPS DAVIS, LEDE DESIGNS FULL COMPASS SYSTEMS

CIPHER DIGITAL INC. FURMAN SOUND

CIRCUIT RESEARCH LABS INC. FUTURE DISC SYSTEMS

CMS DIGITAL GARFIELD ELECTRONICS

CMX CORP. GENTNER

COMMUNITY LIGHT & SOUND GIBSON ACCESSORIES
CONNECTRONICS GMI DISTRIBUTORS

COUNTRYMAN ASSOCIATES GOLDLINE

CREST AUDIO GOTHAM AUDIO CORP.

CROWN INTERNATIONAL GRD

CSE AUDIO HARDY CO.

DAN ALEXANDER AUDIO HARRIS AUDIO SYSTEMS, INC.

DBX HARRISON SYSTEMS, INC.

DENECKE INC. HEID PRODUCTIONS

DIGITAL DISPATCH HILL AUDIO INC.

DIGITAL DUPLICATORS HY JAMES

DIGITAL ENTERTAINMENT CORP. IAN COMMUNICATIONS GROUP. INC.
DIMENSION MUSIC LIBRARY IBANEZ

DOD ELECTRONICS INTEGRATED INNOVATIONS

DoLsy INTERSONICS

DORROUGH ELECTRONICS, INC. INTERNATIONAL TAPETRONICS CORP.
E-MU SYSTEMS JBL PROFESSIONAL

EASTERN ACOUSTIC WORKS

EASTERN STANDARD PRODUCTIONS
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JENSEN TRANSFORMERS SAKI MAGNETICS, INC.

J.L. COOPER ELECTRONICS SAMSON

JORDAX CALIFORNIA, INC. SANKEN MICROPHONE CO.
JOSEPH F. RASCOFF & CO. SCHOEPS GMBH

JRF MAGNETIC SCIENCES, INC. SCV AUDIO

JUICE GOOSE-WHITENTON INDUSTRIES ~ SENNHEISER ELECTRONIC CORP.
JVC COMPANY OF AMERICA SHURE BROTHERS INC.

K DISC MASTERING SIMON SYSTEMS

KAHLER DIV. OF APM SKOTEL CORP.

KARLBERG ENTERPRISES SKYELABS, INC.

KCC AUDIOVIDEO SOLID STATE LOGIC

KENNETH A. BACON ASSOCIATES SONY BROADCAST PRODUCTS CO.
KLARKTEKNIK ELECTRONICS INC. SONY CORP. OF AMERICA

KORG USA SONY PROFESSIONAL AUDIO
KURZWEIL MUSIC SYSTEMS INC. PRODUCTS

LA SALLE MUSIC SOUND & VISION

LAKE SYSTEMS SOUND PRODUCTIONS INC.
LARRY QUINN SOUND WORKSHOP PROFESSIONAL
LD SYSTEMS, INC. AUDIO PRODUCTS, INC.

LEITCH VIDEO OF AMERICA INC. SOUNDCASTLE STUDIO CENTER
LENCO SOUNDCRAFT USA

LEXICON, INC. SOUNDER ELECTRONICS

LINEAR & DIGITAL SYSTEMS SOUNDMASTER INTERNATIONAL
LT SOUND SOUNDTRACS, INC.

MAD HATTER RECORDING STUDIOS SPECTRA SONICS

MAGNEFAX INTERNATIONAL, INC. SPECTRUM MAGNETICS

MAGNETIC REFERENCE LABORATORY, SPRAGUE MAGNETICS, INC.

INC. STANDARD TAPE LABORATORY, INC.
MANNY'S MUSIC STANTON MAGNETICS, INC.
MARSHALL ELECTRONICS INC. STATE UNIVERSITY OF NEW YORK
MARTIN AUDIO VIDEO CORP. STEWART ELECTRONICS
MASTERING LAB STOCKING SCREEN
MEMPHIS SOUND PRODUCTIONS STORER PROMOTIONS
MEYER SOUND LABS STUDER REVOX/AMERICA
MICRO AUDIO STUDIO TECHNOLOGIES INC.
MICRO MUSIC SUMMIT AUDIO
MILAB SWITCHCRAFT
MONSTER CABLE SYMETRIX
MUSIC WORKS SYNCHRONOUS TECHNOLOGIES
MUSICALLY INTELLIGENT DEVICES INC.  TC. ELECTRONICS
NADY SYSTEMS TANNOY NORTH AMERICA, INC.
NAGRA MAGNETIC RECORDERS, INC. TAPE 1
NAKAMICH) USA CORP. TASCAM DIV.ITEAC CORP.

NEOTEK CORP. TEC AWARDS

NEPTUNE ELECTRONICS, INC. TECHNICAL AUDIO DEVICES

NEVE INC. TECHRON

NEW ENGLAND DIGITAL TECPRO, INC.

NIKKO AUDIO TEKCOM CORP.

OCEAN AUDIO INC. TELEX COMMUNICATIONS, INC.
OMNI-CRAFT INC. THERMODYNE INTERNATIONAL, LTD.
OPAMP LABS TOTAL AUDIO CONCEPTS, LTD.
ORBAN ASSOCIATES INC. TREBAS INSTITUTE OF RECORDING
OTARI CORP. ARTS

PANASONIC TRIDENT USA INC.

PHYLCO AUDIO TROIS! EDC

PIERCE ARROW TRUTONE RECORDS

POLYLINE CORP. TURBOSOUND, INC.

PRISTINE SYSTEMS, INC. U.S. AUDIO INC.

PRO SOUND UNITED STATES AIR FORCE BAND
PROFESSIONAL AUDIO SERVICES UNITED TAPE GROUP

QSC AUDIO PRODUCTS UNIVERSITY OF SOUND ARTS
QUAD RECORDING STUDIOS URSA MAJOR, INC.

RANE CORP. VALLEY PEOPLE, INC.

RCA TEST TAPES VERTIGO RECORDING SERVICES
REMOTE RECORDING SERVICES, INC. W-M SALES CO.

RENKUS-HEINZ, INC. WESTLAKE AUDIO

ROCKTRON CORP. WHEATSTONE BROADCAST GROUP

WHIRLWIND MUSIC INC.
ROYAL RECORDERS WHITE INSTRUMENTS, INC.
RPG DIFFUSER SYSTEMS WORLD RECORDS

RTS SYSTEMS M

ROLAND CORP.
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Continued from page 8

Audio LA formed
by lke Benoun

The new Los Angeles-based pro-audio
equipment supplier will specialize in
systems design, installations, service and
sales. Benoun has a background of 27
years in the audio industry, having
formerly managed Audio Industries and
Walt Davis Enterprises (professional
video sales).

His affiliation with a local dealer, West
L.A. Music, will provide a complete selec-
tion of keyboards, computer-related pro-
ducts and musical instruments, he says,
with extensive expertise in the design
and operation of MIDI systems.

Audio L.A. is the newly appointed
sales and service organization in the
western U.S. for the Tascam ATR-80
series analog 24-track. For more infor-
mation, call Benoun at: 213-477-1516.

Stolen equipment
On June 23, while parked at the

Philadelphia Academy of Music, the
following equipment was stolen from the
Effanel Recording truck:

e Two B&K model 4007 microphones
(serial numbers 973232 and 1040002) in
KE0215 wooden boxes with clips.
¢ A Beyer M500 ribbon microphone
(21465) in box with clip.
¢ Two Sennheiser MD-421 microphones
(19817 and 19825) in one box, initials JA
inscribed on bottom; one exterior
repaired.
e Two Sony ECM-50 microphones
(22458 and 22459) in individual boxes
with complete clips (initials JA on pre-
amps).
¢ A Neuman KMR-82 shotgun mic; gray
with black leather sheathe and wind-
screen with notch cutout for Rycote
windshield mounting.
s Four Radio Shack PZMs, two with |
XLRs on cable end: two new in boxes. |
e Six AKG and Shure A27M stereo bars. |
All was in a

equipment packed

medium suitcase-size case with silver
metal exterior and light blue felt interior.

A report was filed with the 9th District
of the Philadelphia Police (215-686-3090)
on June 24. !

A reward of $500 for information
leading to the return of the equipment is
being offered. Call either Effanel Record-
ing 212-807-1100, or James Anderson |
Audio at 718-643-1675.

Valley People change name
to Valley International

According to company president Nor-
man Baker, "We've come a long way
since 1977, when Valley People was
originally founded. In 1980. the com-
pany merged with the highly successful
Allison Research, so our heritage goes
back to 1969.

“During the fast 18 months, our com- |
pany has upgraded all existing products
electronically and mechanically. We also
undertook an exhaustive research and
development effort which lead to the in-
troduction of nine new products.

AFFORDABLE RELIABLE g

TIME CODE: $625
For Film and Video Production

¢ Reads Time Code from 1/50th to 50x speed
e Reshapes Time Code for copying ® 60 hz sync from 24 or 30 frame code
¢ Memory holds Time Code and user bits
DENECKE, INC. 5417-B Cahuenga Blvd., N. Hollywood, CA 91601 (818) 766-35

THE Dcopoe™ TC-1 TIME CODE READER

Circle (37) on Rapld Facts Card

«Uses MTA 1537 VCA
« LOow noise high quality

Musically Intelligent Devices

MegaMix

MOVING FADER GRAPHICS

« Software runs on IBM and
Mac PC (Atari ST

(P.O. Box 682) 6 Brian St.,, Commack, NY 11725

« Mute and Solo
«8 Subgroups

audio specs available soon) « Real time and step edit,
« Easily interfaces to any e« Full Fader Automation copy, bounce, delate,
console mix merge
« 16-40 Channels in one +« SMPTE compatible
3 space rack NEW! FCAC-8
Fader Controlled Automation
Computer

«8 ALPS 100mm Studio Faders
« Individual LED switches for
Read/Write, Mute, Solo
and Group
« Each fader completely
assignable to any
channel or group

MIDI BASED MIXING BOARD
AUTOMATION ON YOUR PC

516 864-1683
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“In enhancing our existing products
and introducing the many new ones, we
also desired to incorporate a readily
identifiable company logo as a part of
our front-panel graphics treatment. The
name, Valley International, was chosen
as a proper reflection of the worldwide
acceptance which our products enjoy.”

Otari introduces
new product line

The new Otaritech line of products
developed independently of Otari will be
targeted to the recording and broadcast
markets.

The first product in line, available in
August, is the TC-50 center channel time
code/FM processor. The manufacturer
claims that the TC-50 provides an inex-
pensive method for center-track time
code to be added to a tape machine. It
will retrofit Otari MX-5050 2-tracks or
any other 4-head position tape transports.

Time compensation is provided for
three tape speeds, and front-panel LEDs

indicate time code level at the input and
output.

For further information, contact Otari
Corporation, 2 Davis Drive, Belmont, CA
94002; 415-592-8311.

Beatles CD releases mastered
exclusively on Ampex digital tape
According to Steve Smith, marketing

manager of audio tape products at Am-
pex Magnetic Tape Division, all re-re-
cordings on both open-reel and U-matic
formats were made entirely on Series
467 mastering tape.

The original analog 4-track masters,
where available, were dubbed across to a
Mitsubishi X-850 32-track on 467 l-inch
tape. The multitrack recordings were
then mixed to a Sony PCM-1610 and re-
corded on 60-minute 467 U-matics for
CD manufacturing. Remix took place at
Air Studio, London, England.

People

At Tascam, three executives have

been added to the sales force: Chuck

Prada takes over as the new eastern

regional manager; Bill Stevens assumes

the post of southern regional manager;
| and Mick Walker has been promoted to

the professional sales position for
Southern California.

Neotek has named Oliver
Masciarotte as its new production
manager. Previously, he served as a staff
engineer at Criteria Recording Studios,
Miami, and as a lecturer at the University
| of Miami.

l Stan Stitgen has been named cor-
porate vice president of Yamaha Cor-
poration of America, where his respon-
sibilities will center on the development
of institutional educational programs.

| James A. Tipton has been named
| vice president for sales at dbx.

Send news items to Dan Torchia, staff editor, Record-
ing Englneer/Producer, Box 12901, Overland Park, KS
66212.

The Stewart Electronics ADB-4

Four Channel Active Direct Box
Four transparent, reliable direct boxes in one chassis.

List Price $349.00

Each Channel Features:
Hi Z inputs on front and rear of chassis ® Ground lifi switch ¢ Instrument/line/speaker
level input selector Lo Z balanced output with XLR connector * Mic/line Lo Z output level
selector * Operates on Phantom Power or auxiliary power supply » Optional rack kits allow
rack mounting of up to 8 channels in a single rack space * May be mounted forward or
reverse—allowing terminations to be made on front or rear of rack.

Dealers Inquiries Welcome
Stewart Electronics
P.O. Box 60317, Sacramento, CA 95860
(916) 635-3011
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The art of
shaping sound.
SONEX is a high-performance
acoustical foam that upgrades your
studio inexpensively. [deal for a
temporary isolation booth, it can
also eliminate slap echo and harsh
resonances in the main room or
silence noisy tape equipment in
the control booth.

Wkite for our
color brochure

today.

2049 West Broad Street
Richmond. Virginia 23220 USA
(804) 358-3852

FAX: (804) 358-9496

Telex: 469037 (ALPHAAUD Cl)
Acoustic Products for the Audio industry
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S tudio Update

Northeast

WPSX (University Park, PA), Penn-
sylvania State University station and PBS
broadcast affiliate, has take delivery of
a Neve 5114/24 console. The con-
sole features full EQ and dynamics
on 24 inputs. Penn Street University, 27
Wagner Annex, University Park, PA
16802; 814-865-1993.

Sigma Sound Studios (Philadelphia) has
upgraded Studio 1 with a 52-input Neve
8078 console with six additional effect
sends and 84-input mixing capability.
The console has also been fitted with a
new George Massenburg Labs
automation system and is capable of
decoding mixes from NECAM 96 and
SSL floppies.

Also featured in Studio 1 is a Mit-
subishi X-850 32-track recorder. 212 N.
12th St., Philadelphia, PA 19107;
215-561-3660.

National Video Center/Recording
Studios (New York)} has announced the
introduction of Super Sync, a film-to-
tape service allowing filmmakers to per-
form synchronous transfers of '4-inch
soundtracks with film formats using
center track time code. 460 W. 42nd St.,
New York, NY 10036, 212-279-2000.

Evergreen Recording (New York) an-
nounces the opening of a new com-
puter/MIDI programming room. The
facility features a Macintosh Plus, IBM
AT/hard disk, Roland MSQ 700 and
MSQ 100.

Other hardware includes a Sound:
craft 600 series console, Crown
DC150A power amp, Yamaha NS10Ms,
Otari 5050 mklll 4-track and a Yamaha
SPX-90. 215 W. 9Ist St., New York, NY
10024; 212-362-7840.

New England Mobile Recording
(Stow, MA) has added a Sony PCM-F1
digital encoder/decoder, Yamaha
SPX-90, Aphex Type “B"” Aural Ex-
citer, Yamaha REV-7 and a Crown DC-
300A-11 power amp.

The studio is designed for mobile and
in-house recording, and will continue to
provide live recording. P.O. Box 409,
Stow, MA 01775; 617-562-2111.

Presence Studios (East Haven, CT)
have installed an SSL 4000E 56-input
console with Total Recall, Studer
A-820-2TC '%2-inch mastering machine,
Drawmer 1960 tube compressor,
Drawmer gates and a Lexicon
PCM-60, PCM-70 and a Yamaha

SPX-90. Keyboard additions inciude
modifications to the Fairlight CMI
Series Ill and a Forte MIDI system for
the Yamaha grand piano.

The company also announces that Milt
Sutton has joined the staff as staff
engineer. 461R Main St., East Haven, CT
06512; 203-467-9038.

Barry Diament Audio (Riverdale, NY)
announces the opening of its new facility
for mastering Compact Discs. 2728
Henry Hudson Pkwy., Riverdale, NY
10463, 212-543-2079.

Master Sound Astoria (Astoria, NY) has
added the Digital Creations Moving
Fader Automation system and has
developed an interformat patch bay that
will facilitate the transfer of material en-
tirely in the digital domain. The move
broadens the studio’s capabilities in
analog/digital recording and in audio
post-production.

Also, David Browning has joined the
studio and will head up the studio’s post-
production division. He was formerly
with Regent Sound. 34-12 36th St.
Astoria, NY 11106; 718-392-5600.

Victory (Gladwyne, PA) is a new studio
for advertising, corporate and music
clients in the Philadelphia area. The
studio is an extension of Kajem Recor-
ding, which specializes in album produc-
tion. Victory will offer 24-track music
recording, voice-overs, original jingle
production and audio-for-video. 71400
Mill Creek Road, Gladwyne, PA 19035;
215-649-3277.

Audio Works (Boston) has relocated to
284 Mount Auburn St., located in the
Watertown district of downtown Boston,
due to company growth and increasing
demand. An office has also been opened
at 252 Newbury St. to keep the studio in
touch with Boston ad agencies. Box 856,
Astor Station, Boston, MA 02123;
617-236-0300.

Southeast

The Bennett House Studios (Franklin,
TN) announces that Gene Eichelberger
has joined the company as general
manager and chief engineer. Liz Jones
has also joined the staff as studio
manager. 134 4th Ave. North, Franklin,
TN 37064, 615-790-8696.

APl Audio Products (Springfield, VA)
has sold its first motorized fader system
to Tommy Boy Records in New York.
The system features 32 APl mode! 940M

atarl‘s compact

EC-201 SMPTE/EBU time-
code reader is a natural for
field or studio operation. and
it costs only $495. [t offers
1/20 to 60X playspeed read-
ing, 40 hour continuous use
on battery power, and re-
shaping circuitry on the loop
output.

This advanced reader
features a full hexidecimal
user bits display (with a hold-
button for edit logging), a
~10to +10 dBV input range,
balanced XLR inputs/out-
puts, and includes an AC
adapter, belt clip and batter-
ies. It measures 1.5" x4 2" x
5" and weighs 18 oz

Contact Otari at {415)
592-8311 for your nearest
dealer From Otari: Technol-
ogy You Can Trust. Otari
Corporation, 2 Davis Drive,
Belmont, CA 94002

0/TAR]I]

TIME Ot

|
o

©Otari 1986
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Studio Update

faders and Disk Mix. 795! Twist Lane,
Springfield, VA 22153; 703-455-8188.

Strawberry Jamm and Higher Skys
Studios (West Columbia, SC) have
merged to become Strawberry Skys, a
complete 24-track automated and com-
puter assisted facility. The 24-track
studio is MIDI-compatible and will be
equipped to handle all basic video
capability.

Owner Bob Curlee will serve as chief
engineer and Gary Bolton will serve as
co-manager of the studio. Ron Hollins,
graduate of the University of Miami, will
serve as staff engineer. 1706 Platt
Springs Road, West Columbia, SC:
803-794-9300.

Ealing Mobile Recording (Chicago) has
added a Neve 5442 8-input, 2-output
console. 709 W. Roscoe, Chicago, IL
60657: 312-871-7793.

Sonic Arts (Lake Villa, IL) has updated
the facility with a Neotek Elite console
with 36 inputs and a Klark-Teknik DN

780 digital reverb. 23783 W. Petite Lake
Road, Lake Villa, IL 60046;
312-356-8992.

Star Trax (Orland Park, IL) has taken
delivery of a Neotek Elite with 48 in-
puts, UREI 813C and Hafler P500A.
15602 S. 70th Court, Orland Park, IL
60462, 312-429-2760.

Mark Five/Sandcastle (Greenville, SC)
is the result of a merger between Mark
Five and Sandcastle studios. The new
studio is owned and operated by Rich
Sandidg and Chric Cassels, Sandcastle,
and Eddie Howard, Mark Five
manager. 10 Michael Drive, Greenuville,
SC 29610: 803-269-3961.

Charles Brown Music (Cincinnati) has
added the NED Direct-to-Disk option to
its Synclavier. making it the city's first
tapeless studio. The system has been us-
ed to complete audio post-scores for
advertising work. and a music theme and
promo package for a local news show.

mixing consoles, amps,
turntables, effects racks,
multi-tracks, synthesizers,
music stands, drum machines.
keyboards, orchestras,
d.j. consoles

SQittlite.

Gooseneck Lamps & Accessories

flexibility!

Littlite /CAE, Inc.
P.O. Box 430
Hamburg, M1 48139
313/231-9373
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1349 E. McMillan Ave., Cincinnati, OH
45206: 513-281-5212.

Southern California

South Coast Recording Studio (Santa
Ana, CA) has recently upgraded its
8-track facilty to 16-track by installing
the Fostex E-16 with the Ramsa WR-
T820 recording console.

An Alesis XTC digital reverb was also
added to the outboard gear. /818% N.
Main St., Santa Ana, CA 92706,
714-541-2397.

Westlake Studios (West Hollywood,
CA) has taken delivery of a Neve V series
for its A room. 8447 Beverly Drive, West
Hollywood, CA 90048; 213-654-2155.

Mad Dog Studio (Venice, CA) has
recently renovated and added a Neve
8108 console and a Studer AS800
24-track recorder. 1715 Lincoln Bluvd.,
Venice, CA 90291; 213-306-0950.

Pacific Cassette Laboratories (Tor-
rance, CA) has relocated its offices and
studios to 20655 South Western Ave.,
#116.

The facility duplicates in real time on
modified Nakamichi AX-9 cassette
decks using specially selected TDK metal
tape and TDK reference standard hous-
ings. The facility can also produce TDK
metal tape in custom lengths. P.O. Box
6248, Torrance, CA 90504,
213-618-9267.

Post Logic (Hollywood) a post-produc-
tion sweetening facility featuring a SSL
6000E fully automated console with To-
tal Recall has recently added a DBX
160x, Drawmer gates, Drawmer tube
limiter, Roland SDE 3000, Eventide
SP2016, Akai S900 and UREI filter set.

The facility has also updated the moni-
tor system with Autsberger cabinets
with TAD component speakers. 6363
Sunset Blud., Suite 830, Hollywood, CA
90028; 213-461-7887.

Post Group (Hollywood, CA), a post-
production facility, has expanded to in-
clude the addition of an on-line edit bay,
four off-line edit bays, a second film-to-
tape transfer suite, a third audio sweeten-
ing room and a new motion-control
shooting stage.

Audio Sweetening Bay C, the facility’s
newest sound room, features a Neotek
Elite 24-track console and a Betacam
player. 6335 Homewood Ave., Los
Angeles, CA 90028; 213-462-2300.




Studio Update

A & M Recording Studios (Hollywood,
CA) has taken delivery of the new Neve
Focusrite module, which incorporates
miniaturization of high-performance
transformers. The low source impedance
of the output and the floating winding
achieve independence of load and
grounding.

“This new module allows you to
equalize and tailor the sound to any
taste, with absolutely musical results,”
says Paul Sloman, general manager.
1416 N. La Brea, Hollywood, CA 90028;
213-469-2411.

Kren Studios (Hollywood, CA) has up-
dated with a Mitsubishi/Westar
44x24x88 with Compumix and an IBM
PC hard drive floppy disk automation
system.

Recorders include a Mitsubishi X850
32-track digital recorder, MCI/JH 16
24-track, Ampex ATR 102, Studer
A-80 and a Sony PCM F-1 2-track.

Monitors feature Yamaha NS10m,
JBL 4311, Auratone and Advent. Mics
available include Neumann tube U-47,
U-48, U-67, Sennheiser 421 and 441,
and Shure SM57 and 545. 6553 Sunset
Blvd., Hollywood, CA 90028;
213-461-5781.

Take One Recording Studios (Bur-
bank, CA) has taken delivery of a Mit-
subishi Westar 48-input console with
Compumix PC automation and a Mit-
subishi X-850 32-track tape machine.
The facility has also updated its new
room with a New England Digital
Synclavier. 619B S. Glenwood Place,
Burbank, CA 91506; 818-841-8697.

Northern California

Sensa Studio (Sunnyvale, CA) has been
purchased by Doug Hopping and Scott
Smith, who will manage the facility
under the new name, The Recording
Studio Inc. New equipment includes an
Amek matchless board and a Kawai
grand piano. 1016 Morse Ave., Suite 17,
Sunnyvale, CA 94089; 408-734-2438.

Syncro International Studio (San An-
selmo, CA), has recently completed con-
struction on a new 24-track MIDI record-
ing studio. The facility will function as a
production facility for producer Satoshi
Suzuki’s film, industrial, album and video
projects. RE/P

Send studio news to Studio Update, Recording En-
gineer/Producer. Box 12901, Overland Park, KS 66212

Paul Sloman, general manager of A&M Recording Studios, Hollywood, CA points out the
Focusrite modules delivered by Audio Intervisual Design, the West Coast representatives for
Focusrite.
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buy new parts
not new booms

We make ALL the
parts for the standard
AKG-Beyer boom.

WORK BETTER
*LAST LONGER
*IN STOCK

*Parts for other booms too!

BLACK

AUDIO DEVICES

PO. Box 4573 Glendale, CA 91202
818-507-8785
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Crown introduces
hand-held mics

The mic line includes the CM-100 PZM
omnidirectional, the CM-200 cardioid
and the CM-300 Differoid. All three are
electret-condenser mics and feature
built-in pop filtering for suppressing
breath noises. Each mic can be phantom-
powered from the console or other
remote power source.

Circle (150) on Rapid Facts Card

Akai S9V2.0
system disk

The software addition for the S300 dig-
ital sampler features crossfade looping to
smooth out amplitude variations across
the loop, the company claims.

Also featured is the pre-trigger record-
ing feature, which automatically starts
the sampling process 2,000 points before
the recording threshold is reached.

Circle (161) on Rapid Facts Card

Gentner Digital Hybrid
telephone interface system

The system allows the user to interface
a telephone line to audio equipment with
the capability of simultaneous 2-way con-
versation.

By isolating the send and receive sides
of a telephone call, the system allows the
caller's audio to be heard on overhead
speakers while mics are active in the
room. In addition, the unit can be pro-
grammed to automatically answer and
disconnect the line.

Clrcle (158) on Rapid Facts Card

Roland SS-PC
software

Session Saver is a software program for
the IBM-PC and compatibles, which orga-
nizes and stores system exclusive patch
data for all synths, sound modules and
rhythm composers.

The software creates session databases
that can store data from up to 16 dif-
ferent instruments in to a single disk file.
Function keys and menus are used
throughout and on-line screens also are
included.

Circle (159) on Rapld Facts Card

Soundtracs FME
modular mixer
The FME offers modularity of inputs,
outputs and groups, in 22 and 20 module
mainframe sizes. The mixer may be con-
figured to 4- or 8-track recording and
video post-production.
Module types available include mono
input, mono input with remote start
switch, stereo input including RIAA and

line in with remote start. Also featured is
monitor input with eight monitor sends,
group output with upper and lower mon-
itor sections, monitor outputs and stereo
master module.

Metering is provided via 12 LED bar-
graphs, which provide solo warning and
power indicators.
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New Products

Akai DP Series with 64 built-in memory banks for stor-
digital patchbays age of patch patterns.

The series features automated control The DP2000 is a combination audio
with SMPTE lockup to patching systems. | and video matrix patchbay. Accepting
Each system is controlled by a computer | up to 16 balanced audio and 16 video sig-
that automatically routes all signal paths. | nals, the unit also features 64 memory

The DP3200 and DP2000 feature the | banks and pattern switching with up to
PG1000 patchbay programmer and | 640 patterns.

MZ1000 color monitor display. The Circle (162) on Rapid Facts Card
DP3200 is a 32-input, 32-output system

AEKAl SR 2% e e OFP3IS00

Audio Precision Bur-Gen AKG C562 BL
signal generation option mic condenser
Designed for the System One audio test | The C562 boundary layer mic is a pre-
system, the option generates tone bursts, | polarized condenser surface-mount mic
squarewaves, pink noise, white noise | for recording situations where unob-
and narrowband noise. trusive mics are needed. The omnidirec-
The sinewave burst signal is quoted | tional mic features a quoted frequency
20Hz to 100kHz and can be selected with | response of 20Hz to 10,000Hz and im-
any number of cycles, time or duty factor | pedance at 1,000Hz at 600Q.
“on,” the company claims. Circle (152) on id Facts Card
The squarewave frequency range ex-
tends from 20Hz to 20kHz. Pink noise is
constant amplitude per octave, and nar-
rowband noise is pink noise-filtered by
one-third octave band-pass filter turnable
and sweepable from 20Hz to 100kHz.
Circle (154) on Rapld Facts Card

From the developers of the

KABA 4-TRACK
REALTIME and
2X CASSETTE
DUPLICATION SYSTEM

KABA Research & Development
(Kenneth A. Bacon Associates)
24 Commercial Blvd., Ste G, Novato, CA 94949
(415) 883-5041 Outside CA 800-231-TAPE

Circle (54) on Rapid Facts Card

The ideal
microphone cable
for fixed
installations

Dupont Keviar 29" fibers for high
tensile strength. Stronger than
steel, Kevlar can resist more than
3 times the tension of usual
reinforcement filler to prevent
stretching or kinking of wires
when pulled through conduit.

Drain wire for
ground return.

Star-Quad
4-conductor
design cancels
electro-magnetically
induced noise from
SCR dimmers and

\ fluorescent lights.
Irradiated Polyethylene
insuiation is cross-linked
SO it will not shrink back,
deform or char when
soldering.

Aluminum foil shield provides
100% coverage to block
electrostatic noise while
giving the cable a very

thin profile.

Canare L-4ESAT (smaller diameter)
and L-4E6AT (larger diametar) cables
are designed for use with micro-
phones and for line-level signals
from mixers to power amps. They
are ideal for laying in conduit, instal-
lation between or within audio
equipment, and general industrial
use. These high shielded profes-
sional cables with their unique Star-
Quad configuration reduce hum
and noise to less than 1/10 that of
conventional 2-conductor mic
cable. A choice of two diameters
makes it the perfect cable
for sound contractors. Request
Canare’s full line cable catalog.

CANARE CABLE INC.
832 N victory Bivd. / Burbank, CA 91502
(818) 840-0993

Circle (53) on Rapid Facts Card
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iNew Products

Electro-Voice
BK-1632 console
The 16-input. 3-send stereo output con-
sole features a pre-fader, a post-fader and
an auxiliary-switchable pre-post fade.
There is also a provision for sending the
reverb to the monitor.

Circle (163) on Rapid Facts Card

Fluke 9100 series
digital testers
Designed for microprocessor-based
digital circuit boards, the automated
series includes two models, including the
9100A for developing test software and
the 9100 series emulative board testers.
Built-in functional tests verify the op-
eration of the microprocessor bus, RAM
and ROM. A single point probe is also
used for isolating faults both on and off

the bus, while a system of 1/0 modules |

allows simultaneous testing of up to 160
pins at a time, the company claims.
Circle (151) on Rapid Facts Card

Tascam Porta 05
mini studio
The new MIDI-compatible 4-track cas-
sette recorder features the company's
proprietary head technology. The unit
features a 4-channel mixer with full EQ
effects send and pan functions and built-

in dbx noise reduction.

The mixer is a dual function 24-chan-
nel mixer, designed for those who need a
single board for both recording and
sound reinforcement.

Circle (155) on Rapid Facts Card

Denon DN950F

CD cart player
The DN950F plays Compact Discs
mounted in special plastic cartridges to
protect discs from scuffing, dust and dirt.
The only contact between the discs
and the cartridge is at the disc’'s center
hole. A shutter on the signal side of the
cart automatically opens upon insertion
into the player and closes upon eject.
| The label side of the CD cart is translu-

cent to read the disc’s contents.
Circle (157) on Rapid Facts Card

Soundtracs CMS3
MIDI/SMPTE interface generator
The CMS3 features a MIDI clock gen-

| eration in sync with either internal or ex-
ternal time code sources and the gen-
erating of SMPTE/EBU time code from a
video signal.
The interface enables the update of
CM4400/CMS2 and CP6800 console au-
| tomation to include the control of exter-
nal MIDI equipment.

| Circle (156) on Rapid Facts Card REP

coming in

Console Developments

Virtual and Assignable Designs
Provides an overview of current devel-
opments in console topographies, user
interfaces and display technologies.

Recording vs. Live-performance
Designs
Considers the fundamental operational
differences between consoles intended
for recording and production duties, and
those intended primarily for live-per-
formance situations.

Developments in Console
Automation Systems
Provides an overview of the current
state-of-the-art in fader and mute auto-
mation systems, and offers some insight

September

into what the future might hold for this
increasingly important adjunct to record-
ing and production consoles.

Time Code Applications for
Recording and Production Engineers
The second part of which will detail the
use of time code in film-sound production
and post production.

Lease/Purchase Decisions
A thorough analysis of which type of
equipment and services are more appro-
priate for leasing, and which make better
purchases for studio owners and
operators.

NAMM Chicago Replay
Spotlighting the details of MIDI-based
equipment of direct relevance to record-

ing and production engineers.

ENGINEER/PRODUCER

Studio Design and Construction:
Red Zone
The upgrading and equipping of a new
facility in the former Kendun Studios
Complex, Burbank, CA, which is intend-
ed to handle a diverse range of studio
projects.

Plus our regular departments

Managing MIDI

Sound on the Road
Film Sound Today
Living with Technology
SPARS On-Line

News and People
Letters to the Editor
Studio Update

New Products

Recording Engineer/Producer
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Giassified

Advertising rates in Classified Section
are:

$1.00 per word per insertion. Initials and
abbreviations count as full words.
“Blind" ads $25.00 additional. Minimum
classified charge $20.00. Classified is
also available at $112 per inch. Order
must be accompanied by payment to en-
sure publication

Classified columns are not open to
advertising of any products regularly
produced by manufacturers unless used
and no longer owned by the manufac-
turer or distributor.

Classified Advertising should be sent
to RE/P, Advertising Dcpartment, 9221
Quivira Rd., Shaw~enr Misaion KS 66215.

HELP WANTED

MAINTENANCE ENGINEER WANTED: For
leading pro. recording studio in Los Angeles.
Working knowledge of video and tape syn-
chronizers. Address resume to Chief Engineer,
4403 West Magnolia Blvd., Burbank, Ca.
91505 — ATTENTION RICK OR MARC OR TEL.
818-841-6807, 213-849-7399. 8-87-1t

WANTED: COMPONENT LEVEL TECH for state of
the art analog/digital complex. Send resume to
Personnel, 4620 West Magnolia Blvd.. Burbank,
CA 91505, 8-87-1t

FOR SALE

MISCELLANEOUS

FOR SALE: 22Amek 2500 w/Mastermix automa-
tion, $70,000, Yamaha GS| keyboard, $5,000,
Q-locks tully loaded, $3,000; DX7 It (new), $1,85C;
Aura Systems (studio monitors), make offer; MKB
2300 Rolana keyboard controller, $600; MTR 90
MK Il 24 TR wiremote, $32,000; Synclavier
Systems full blown, make offer. 818/980-4840.
8-87-1t
FOR SALE: Trident 75, Tascam MS.16, Adams:
Smith 2600, Urei 809's, JBL 6132A's, 2 Sharp
XCA1U cameras, 2 Sony BVU110's, JVC/Sony.

VE-93 EdIt,, Mics, Tripods, Lights, etc. Everything
fike new. 212-475.2697. 8-87-1t

16-BIT STEREO
SOUNDS
Fully Programmed
for your FAIRLIGHT

The Master Sampler™
Collection
for Critical Ears

Call (612) 944-8528

SOUND GENESIS CORPORATION
7808 CREEKRIDGE CENTER MPLS. MN 55435

FOR RENT

1619 Broadway
NY, NY 10019
(212) 582-7360

® Walkie Talkies

The Best That Money Can Rent

¢ Digital Multitrack
" e Time Code Equip ,

. ¢ Video Playback
V\./' PT\ qur\’/"F:( e Qutboard Equip

ireless Mikes Mixing Consoles
On-Call 24 Hours

USED PROFESSIONAL RECORDING EQUIP-
MENT:Buy, Sell, Trade. DAN ALEXANDER AUDIO,
Phone 415-474-1625 or 213-466-0472. 7-87-3t

WANTED-OLD SOUND EQUIPMENTY (Tubes,
Amps, Speakers, Drivers, Horns, etc.), from Mcin-
tosh, Marantz, M-Levinson, Altec, JBL, Jensen,
Tannoy, Western Electric, Westrex, Langevin,
etc., Tel: 818/576-2642 Audio City, P.O. Box 832,
Monterey Park, CA 91754. 8-87-12t

FREE CATALOG: Institute of Audio-Video
Englneering, 1831 Hyperion, (RP), Hollywood, CA
90027. Recording Schoof. (800) 551-8877 or (213)
666-2380. Approved for International Students.
Employers: Calt for Empioyees/Interns. 3-876t

THE MOST COMPLETE
SELECTION OF

AUDIO TEST

TAPES

All formats including cassettes
Write or phone for free catalog

IN OUR CONTINUING EFFORTS TO SERVE YOU...

From time to time. Intertec Publishing Corp. makes its subscriber lists
available to carefully screened companies or organizations whose products,
services, or information may be of interest to you. In every case, list users must
submit their promotional material for approval. They may use the list only once.
No information other than name and address is ever divuiged, although names
may be selected by segments to which the particular offer might appeal

We are contident that the majority of our readers appreciate this controlled use
ot our mailing lists. A few people may prefer their names not be used.

If you wish to have your name removed from any lists that we make available to
others, please send your request, together with your mailing address label to:

Direct Mail Mgr.

Intertec Publishing Corp.
P.O. Box 12901

Overland Park, KS 66212

-

STANDARD TAPE LABORATDRY, INC.
26120 Eden Landing Road #5, Hayward, CA 94545

(415) 786-3546
Circle (43) on Rapid Facts Card

RO O

AUDIO CONNECTORS JACK PANELS
- -) (Prewired

available

The one-stop source for all your electro
mechanical needs. Standard and custom
assembhes Free catalogs available

PRO SOUND
13717 So Normandie Ave Gardena. CA 90249 J213| 770-2330
Outside CA Call Toll Free |800| 421-247}

Circie (44) on Rapid Facts Card

For Studio Demos or Rertail Sales
SOUNDSHEETS: Flexible vinyl discs
sound great, won't break!

AUDIO CASSETTES: Scnd for your

free “*Cassette Talk’ newsletter complete
with latest prices.

EWTEM TOLL FREE 1-800-EVA-TONE
P.0. Box 7020-R, Clear~ater, FL 33518

Circle (45) on Rapid Facts Card
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Advertiser's Index

ADA Signal Processors . ........
AEG Aktiengesellschaft ........
AKG Acoustics,InC. .............

AlesisCorp.. . .................

Allen & Heath Brenell .
AlphaAudio ..............

Ant Telecommunications .......

Aphex Systems Ltd. ..

Atlas/Soundolier. ..............

Bacon, Kenneth A. Associates

Beyer Dynamic,Inc. ..........
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Sales Offices

OVERLAND PARK, KS
Mary Tracy

913-541-6637 or
913-888-4664

P.O. Box 12901

Overland Park, KS 66212
Telex: 42-4256 Intertec OLPK
Telefax: 913-888-7243

SANTA MONICA, CA
Herbert A. Schiff
213-393-9285

Jason Perlman
213-458-9987

Chris Woodbury Leonard
213-451-8695

Schiff & Associates

501 Santa Monica Blvd.
Santa Monica, CA 90401

NEW YORK, NY
Stan Kashine
212-702-3401

29th Floor

866 Third Ave.

New York, NY 10022
Telefax: 212-702-7802

LONDON, ENGLAND
Nicholas McGeachin
Roseleigh House

New Street

Deddington, Oxford
OXS5 4SP England
Telefax: (0869) 38040
Telephone: (0869) 38794
Telex: 837469 BES G

NORWOOD, AUSTRALIA
Hastwell, Williamson

Rouse Pty. Ltd.

P.O. Box 419

Norwood, Australia
Telephone: 332-3322

Telex: AA87113

TOKYO, JAPAN

Haruki Hirayama

EMS, Inc.

Sagami Bldg., 4-2-21, Shinjuku,
Shinjuku-ku, Tokyo 160

(03) 350-5666

Cable: EMSINCPERIOD

Telex: 2322520 EMSINCJ

Recording Engineer/Producer

August 1987




!

ed for the Working Profession

Built to the Highest Standards, to
which AHB has established its reputstion

The Sigma Series offers you the
on... for over 14 years.

esign

design features that reflect the evoluiion

of Sigma Engineering.

Maximum Flexibility, in layout and

D

Allen & Heath Brenell Ltc.
69 Ship St. Brigkton, BN1 1AF Eng.and
Tel. (0273) 24928 / Telex §78233

UK.

Five Connair Road
Orange, CT 06477 / (203) 795-3594
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Studer A820:
-Back
to the
Future

The future of multi-track mastering was commonly assumed to
be 100% digital. But now Studer has built a multi-track for the

future...by going back to thoroughly refine and update analog

technology.

For the best possible combination of reliability, production
capabilities, format compatibility. and sonic performance, the
Studer A820 ciallenges al/ competitors. Analog und digital. No
matter the price

First, the A820 is fast and flexible. With total microproces
sor control, it starts smoother, locks quicker, locates faster,
and shuttles tape better than anvthing the competition has yet
to offer. The tougher the job and the tighter the deadline, the
more vou'll love the A820

The A820 is also fully user programmable. An extensive
software menu lets vou choose the operating features you

STUDER

want, and audio alignment is automatic with all parameters
(including NR levels) set and stored digitally

Finally, the A820 shakes the *‘sound assumptions.”’ With
new amorphous metal heads, advanced phase compensation
circuits, and fully integrated NR systems (Dolby A,SR or
telcom c4) as an option, the A820 boldly challenges the
costliest digital machines for overall sonic performance. Let
your ears be the judge.

Some other manufacturers apparently assumed analog could
not get signifcantly better. With the arrival of the A820, that's
now a questionable assumption. Call your nearest Studer of
fice for detailed directions back to the future. Studer Revox
America. Inc., 1425 Elm Hill Pike. Nashville, TN 37210

(615) 254-5651

Offices Los Angeies (818)780-4234 New York [212)255-4462 ¢
Dallas (214)943-2239 San Francisco {(415)930 9866

Circle (56) on Rapld Facts Card




