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Now getting the hot story live

is as easy as calling home.
The SM82. -

Sometimes a story breaks so fast there's practically no ime (o
set up lines of communication. Knowing that, Shure has de-
veloped a microphone 10 keep both you and the storv well
covered.

The Shure SM82 Cardioid Condenser Microphone. It's the
only line-level microphone tough enough for the rigors of day
to day remote ENG broadcast assignments. And all your crew
has 1o dois just patch it straight into the transmitter connec-
tion of the nearest telephone... call vour station, and they're

home tree. Or, it can be connected directly across a dialed-up’

phone line. No separate amplifiers, limiters. or line-level
adapters are necessary.

Just as important, the SM82 is ideal for assignments involv-
ing very long cable runs (up to one mile without equalization)
typically encountered when covering sporting events,
parades. and political rallies.

While electronic news journalists will appreciate the
SM82's extended reach and exceptional bal-

ance in hand-held situations, you'll iove
its low mechanical handling noise, rugged
construction and reliable operation over a
THE SOUND OF THE PROFESSIONALS®... WORLDWIDE

Circle 10 on Reader Service Card

variety of temperature, humidity and wind conditions. 5&

Its built-in limiter kicks in at 100 dB SPL, pre- %
venting overload of the microphone’s internal line
amplifiers.

The SM82 utilizes an internal battery or it can be
externally powered by an optional PS1 power
supply or equivalent. For added security, it auto-
matically switches 1o battery power if its simplex
source should ever fail.

If vou're in the broadcast operations ENG/
EFP business, vou know there are lots of ways
to get a live story—even more ways (o miss
one. Now, with the SM82 on the scene. it is
simply a matter of calling home.

For more information on the complete
line of professional broadcast products,
call or write Shure Brothers Inc., 222

Hartrey Ave.,
® Evanston, IL

60204. (312)

866-2333.
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® This month's cover celebrates db's
16th birthday. a birthday we're quite
proud of. To mark this special occasion.
we've reprinted two articles from the
premier issue {along with 1983 up-
dates). some “New Products” from 1967,
and two ads from old friends Electro-
Voice and Ampex that ran in our first
issue.
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Introducing

THE

SOUND EFFECTS

LIBRARY
1)

3000 STEREO EFFECTS
30 HOURS OF SOUNDS

PRICED FROM $1500.00

EVER

“Some of our Clients.”

* ABC
MNBC
CBS
Walt Disney

86 McGill Street,

125 TAPES at 7% or 15ips

NO ROYALTYPAYMENTS

| B | Toronto, Ontario.
w / Canada. M5B 1H2

\ IR/ (416) 977-0512
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C-02 thru C-92

In One Minute Per Side
Increments

F:OLFSET DIV.
0

Polyline Corp.
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1233 Rand Road
Des Plaines, IL 60016

(312) 298-3073
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Letters

STICKS AND SLATES

TO THE EDITOR:

Len Feldman’s column *Sound With
Images” in the July/August issue was
very useful, but the reference at the
end of it to the “sticks” technique as a
method of synchronization is mis-
leading.

The “sticks” or clap-stick slate pro-
vides only a start mark. The Nagra in
question would have to be receiving a
time reference signal for its neo-
pilotone system with the same time
base as the VCR. Then would come the
classic situation on playback of match-
ing the “getting-up to speed” time of
each system, so that picture and sound
could be in sync while running. It is
done fairly often, but professional syne
should lock to £1/100 of a second. not
the * one frame in 16mm (36 feet/
minute) standard we often hear about.

RICHARD FLOBERG
Associate Professor
Rochester Institute of Technology

TWO NEW INDUSTRIES
ON THE WAY?

TO THE EDITOR:

[ read with interest the editorial,
“Quizzes and Exams” in the July,
August issue of db. Mr. Boden’s idea
concerning formal education and the
SPARS Certification Exam (SCE) is
certainly meritorious and can hardly
be argued against. More knowledge-
able entry-level personnel are an asset
to any industry. [ would, however, warn
you and Mr. Beden of a potential prob-
lem which may negate the function of
your test.

In order to insure qualified and
knowledgeable broadcast operators.
the Federal Communications Com-
mission administers a test leading to
a General Radiotelephone Operator
License. Many schools across the
nation teach a course in FCC licensing.
Students learn how to pass an exam and
not broadcast engineering. They are
able to pass the exam without really
knowing much about current com-
munications electronic technology. It
makes sense that SCE courses will be
offered that will produce people who
can pass your exam and still know little

www americanradiohistorv com
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Because you told us that if you had your preference based on
sound quality alone, you'd choose an omni over any shaped-
pattern microphone available or imaginable.

Because after 25 years making the world's most accurate

instrumentation microphones, all omnis, we knew we could

make an omni for music and speech with a sound quality
superior to any shaped-pattern microphone from anywhere.

And, finally,

Because in the Bruel & Kjaer 4000 series, we offer you
an omni that neatly solves virtually all the application
problems that drove you to use a shaped-pattern
microphone in the beginning.

The next time you choose a microphone
primarily for sound quality, make it the
new Bruel & Kjaer 4000 series.

For complete information and
evaluation units, call your local BGK
sales office or contact:

Y W

Bruel & Kjaer Instruments, Inc.

185 Forest Street, Marlborough, Massachusetts 01752 @ (617) 481-7000 ® TWX 710-347-1187

World Headquarters: Naerum, Denmark. Sales and serwice in pringipal U S cifies and 55 countries around the world
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The “High Performance”

fader that “FEELS”
as good as it sounds

WHISPER GLIDE
The new name in
professional audio faders.
Absclutely the
SMOQOTHEST action in
faders available . . . AND
with superior MystR®
conductive plastic elements.
Continuous, computer-
generated, noise-free output
functions provide excellence to

Whisper Glide’

aice for Broadcast and

Recording Mixer Service.
Even the price “FEELS” good.

Waters Manufacturing, Inc.
Longfellow Center,

the serious audio professional. ! :I , A Waytand, MA | 01778

| [617) 358-2777 - (617) 893-6900.
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OUTSTANDING PERFORMANCE
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It's been said that the Hafler DH-500 is every-
thing an audiophile power amplifier should
be... Musical, Dependable, Affordable.

Now there is a Hafler amplifier designed for
the professional. I's callec the P-500, and
like the DH-500, it's destined to become the
industry standard.

The P-500 is a full-featured, high-power am-
plifier that can best be described as "bullet-
proof”. It represents a careful synthesis of
the sound quality that pleases the audio-
phile with the features and rugged reliability
that professionals demand. In addition to

MOSFET output devices, the P-500 offers fan
cooling; barrier strip, phone plug and XLR
connectors; balanced or unbalanced inputs;
teft and right gain controls; signal present
LED’s; clipplng indicators, and more!
With all this, it must be expensive right?
Wrong! At $949.95° fully assembled, or
$799.95° partially assembled, the P-500
could only be described as a truly outstand-
ing performer.
For a complete list of features and specifica-
tions, write to:

*Suggesfed list prices.

hafller

The David Hafler Company
Dept. DN, 5910 Crescent Boulevard
Pennsauken, New Jersey 08109
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of audio engineering technology. This
will depreciate the value of the SCE
to the industry and render meaningless
the scores of those who pass and really
do know audio engineering.

Secondly. ine FCC exam is several
decades old and does not reflect the
current state of the art. It requires
knowledge of obsolete technology and
practices. With audio technology in
such a rapid stateof flux, the SCE could
become obsolete in just a few years.

Before SPARS designs the SCE,. |
would hope that SPARS first solves the
two potential problems just discussed.
If they do not, all that will be “accom-
plished” will be the formation of two
new industries: 1) the SCE course and.
2) the inevitable SCE exam manual.

RAPHAEL F. SEGURA

db replies:

Mr. Segura’s point 18 well taken. But
despite our fascination with audio. let's
hope the industry is still small enough
to elude the serutiny of the “how to pass
a test in 10 easy lessons” crowd.
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THE ROAD TO PLATINUM IS PAVED
WITH BASF PURE CHROME.

The only place to be in the recording = Best of all, just about anvone can

business is #1. And with cassettes tak- ) change over from ferric oxide to BASF

ing over nearly 50% of the industrys Pure Chrome with the greatest of ease

pre-recorded sales this vear, the best —and without any need for additional

way lo get to the top is on BASF Pure equipment or expenses.

Chrome duplicating tape. Find out why such major names as
BASF Pure Chrome helps you climb RCA Red Seal Digital. Sine Qua Non, Van-

the charts taster because it duplicates your sounds guard and Inner City all put their trust in us. Switch
more perfectly than any other brand. Technically speaking, to BASF Pure Chrome duplicating tape. Because when
BASF Pure Chrome offers extended high frequency Maxi- you put "CrQ,” on your label,

mum Output Level (MOL), plus the world’s lowest back- youre not just guaranteeing '

ground noise. And (1)ur exclusive Plgle ?hrome Cfiorrlxlmlation is the public the Iiure {nusic ()

extremely clean and stable at even the highest duplicating theye paying for. You're pav- i ;

speeds. The payoff? Audio performance that's virtually indis- ing your way to platmum with Chrersigiidr e ace Tapes
tinguishable from a studio master recorded at 15 [.PS. BASF Pure Chrome.

Circle 17 on Reader Service Card
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In Wy Opinion
The National Association of
Professional Audio

Manufacturers (NAPAM)

This month’s contributor to “'In My Opinion”

whose time may have come. What's your opinion?

e NAPAM is the name I have given to
a hypothetical for-profit association to
be made up of manufacturers and
distributors of professional audio
equipment and ancillary services.
NAPAM. which will be international
in scope and nature. will be chartered
to conduct group marketing activities
(such as trade exhibits) and to lobby
for more favorable rules and laws to
enhance trade related to professional
audio. The Board of Directors will be a
seven-member unit composed strictly
of people active in the manufacture
and marketing of professional audio
equipment for profit.

If the Audio Engineering Society
permits. one member of NAPAM will
sit as an ex-officio member of the AES
Board of Directors (that is. with voice
but not vote in Society business). There
should, however. be no other interlock
of officers.

NAPAM will present trade exhibits
at such times and places and under
such conditions as its membership
permits by action of procedures out-
lined in its bylaws. The bylaws will also
provide for modified parliamentary
procedure with a greater than usual
emphasis on membership voting and
a hybrid. fast-track technique of con-
ducting business via mail and tele-
phone so as to prevent undue delay
while retaining open communications
among members.

In addition, NAPAM will be chartered
to A) acquire revenue by its profit-
making activities (e.g., trade exhibits).
dues. and special assessments as
proposed by its Board and ratified by
the members at large and B) provide
a stated percentage of its total revenue
to the AES in recognition of its work
in advancing the state of audic engi-

JOHN DELANTONI

is John Delantoni, president of Orban Associates, Inc. NAPAM is an idea

neering and audio science. as a chari-
table contribution,

Membership requirements will in-
clude co-incident Sustaining Member-
ship in the AES. The AES may wish
to consider changing the structure of
fees for any lost income not made up
by the charitable contribution of
NAPAM.

As a result of all this, NAPAM will
permit the management of trade
exhibits to more closely follow the
interests of the commercial participants
in audio engineering and alleviate the
burden now shouldered by the Board of
the AES—thus permitting a more
effective and more responsive AES to
further advance science and technology.
In addition. income to the AES might
well be enhanced and commerce vs.
science bickering would be greatly
reduced. [ ]

'Z

[t

i\

Circie 19 on Reader Service Card

www americanradiohistorv com

TELEX

TELEX

OCOI

For Communicétions Behind The Scene

AUDIOCOM. The closed circuit intercom for small, large, portable or fixed
installations at concerts, stage productions, film or TV studios, stadiums or race
tracks, industrial or public safety applications. AUDIOCOM belt packs or

wall mount stahons can be "daisy-chained"” by the dozens over five miles
= without degradation in signal quality or strength.

AUDIOCOM interfaces with other sound systems
and telephone circuits. AUDIOCOM includes
headsets, mics, cables, switchboards, signalling
kits, even battery packs for remote locations;

the complete intercom system for
communications behind the scene.

Quality products for the audio professional.

TELEX COMMUNICATIONS. INC

9600 Aldmch Ave So. Minngapolis. MN S5420 U S A
Europe: Le Bonaparte—Office 711. Centre Affaires Pams-Nord. 93153 Le Blanc-Mesnil. France.
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EVM" Pro-Line Speakers

As a working musician or sound-pro, you con-
stantly work 1o improve and refine vour perform-
ance. And we at EV know that today’s performance
demands a wider dvnamic range and clean, clear
sound. It requires higher instrument or monitor
levels on stage
and more punch
out front. Bui
rasing vour per-
tormance stand-
ards has been
expensive, until
now.

That's why
we designed the EVM PRO-LINE Series of extra
heavyv-duty sound reinforcement loudspeakers.
The 15" and 18" models ¢an handle 400 con- 4
tinuous wiatts of “real world™ power (not just
laboratory sine waves) and an incredible
1600 watts of peak music power. The 12
models will take 300 warts continueous
and 1200 watts peak under the same
grucling power rests.

Thev're the newest genera-

RAISE YOUR
TANDARDS.

tion of maximum ¢fficiency, low-trequency speak-
ers designed for cost etfective, high-level perfor-
mance. The EVM PRO-LINE can give vou the extra
punch vou need with freedom from fear of failure-
even when pushed to their hmits.

All of this power handling capacity comes
with the same EVM efficiency and reliability as our
industry standard EVM Series H music speakers.
Couple that with
EVM’s S-vear loud-
speiker guarantee,
and our fast, efficient
repair service, and
vou won't find a bet-
ter high-powered va-
lue than the EVM
PRO-LINE Series.

So raise vour sound standards. See vour EVM
p—— dealer or write for more information
to: Greg Hockmun, Director of

Marketing, Music Products,
Electro-Voice, Inc., 600 Cecil
Street, Buchanan, MI 49107

Ey Eleclroloice

SOUND IN ACTION™

a gUIth company

Circle 20 on Reader Service Card
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Sounad Refnforcement

Microphones

JOHN EARGLE

in Sound Reinforcement, Part 2

® In most sound reinforcement sys-
tems, the microphone is located in the
same spot that contains both audience
and loudspeakers. As we all know, the
gain of the complex loop shown in
FIGURE 1 cannot simply be increased
electrically without penalty. When the
signal in the loop is amplified to a point
at which the loudspeaker produces a
level at the microphone equal to that of
the talker. the system will “ring.” or go
into feedback. Actually. we cannot
operate the system within about 6 dB
of the ringing point if the system is to
sound natural with speech input.

Fortunately. there are other system
variables that can be manipulated to
maximize the effectiveness of the re-
inforcement system. Even though we
fix the electrical gain around the loop
shown in FIGURE 1, the acoustical gain
of the syvstem need not be fixed. It is
dependent on the distance from talker
to microphone and. once we have fixed
the coverage requirements of the loud-
speaker array. this distance becomes
our most important variable.

g IR
J =z

@

Figure 1. The electroacoustical feedback
loop in a sound reinforcement system.

THE MICROPHONE’S
DIRECT-TO-REVERBERANT
RELATIONSHIPS

As a rule. the mierophone is located
within the reverberant field of the loud-
speaker, asshown in FIGURE 2A. What
this means is that the microphone is
“acoustically” as far away from the
loudspeaker as it can possibly be. since
anywhere in the reverberant field the
level from the loudspeaker will be
consistent. (If the region in the neigh-
borhood of the microphone is more
absorptive than the rest of the room,

_ |LOUDSPEAKER
==} N
= R
;: Microphone
Z e ——— —-—— — ===
= Reverberant ~
2 field level ~ Wirect tield level
~

LN

Log distancye

z

TALKER
A

™ | Microphone

_______ ~
Reverberant ~
ficld level

Relative fevel ()

™ (Direct field level
N

Log distance

=

TALKER

-
Reverberant ~
field level

Relutive level tdi3)

~ Wvireet ficld fevel

) Log distance

Figure 2. The microphone’s direct-to-
reverberant relationships.

theatrical sound reinforcement may.
through the relatively large talker-to-
microphone distances involved, put the
microphone in the transition region
between the actors’ direct and re-
verberant fields, as shown in FIGURE 2C.

WHICH MICROPHONE
PATTERNS ARE PREFERRED?

For the normal podium-mount ap-
plication where there is sufficient
acoustical gain, it is probably best to
use an omnidirectional microphone
because of its simplicity and well-
behaved pattern. [t is also free of prox-
imity effect—which we will discuss in
a later paragraph.

However, where there is a marginal
gain situation, a directional micro-
phone may offer some advantage. Re-
ferring to the data of FIGURE 3, note
the next-to-last line in the chart, Ran-
dom Energy Efficiency (REE). These
values are given as numbers less than
unity and also as negative levels in dB.
Note that the omnidirectional micro-
phone has an REE of unity (0 dB); this
means that it picks up signals equally
from all directions.

The cardioid pattern, with its REE
of .333 (-4.8 dB). will pick up some
4.8 dB less reverberant information
than the omnidirectional pattern when
both are set for identical on-axis pickup
of the talker, as shown in FIGURE 4.

Another way of looking at this is to
consider the Distance Factor, shown
in the last line of FIGURE 3. This indi-
cates that, for the same contribution of
reverberant (or random) information
relative to the on-axis talker. the
cardioid microphone may be placed at
distance 1.7 times the distance of the
omnidirectional microphone. The dis-

CHARACTERISTIC

T
i
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S
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L S— _l—q._f
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IDF} | e/
| I i I S

some additional attenuation of the
reverberant field may be expected. and
it will increase the system gain poten-
tial accordingly.)

In normal use. the microphone will
be well within the direct field of the
talker. as shown in FIGURE 2B, but

NOTE

1 = Drawn shaded on polar pattern
2 = Maximum front-to total random energy efficiency for a hirst order cardiowd
3 = Minimum random energy efficiency for a first order cirdiond

Figure 3. A summary of first-order
microphone data.

WwWWW . americanradiohistorv.com
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PC2002M

SPECIFICATIONS
PC2002/PC2002M
POWER OUTPUT LEVEL Continuous average sine wave Stereo, 8 ohms 240W + 240w/
SOW + 350W
power with less than 0.05% THD.  yrcreor fohms A
20 Hz to 20 kHz Mono, 8 ohms 700W
FREQUENCY RESPONSE 10 Hz to 50 kHz, 8 ohms, I'W +0dB
-0.5dB
TOTAL HARMONIC Stereo 8 ohms 120W 1k Hz Less than 0.003%
DISTORTION Mono 16 ohms 240W 2010 20 kHz Less than 0.007%
Mono 8 ochms 350W 20to 20 kHz Less than 0.01%
INTERMODULATION . . . ) Stereo 8 ohms, 120W Less than 0.01%
DISTORTION Lo AL G Mono 16 ohms, 240W Less than 0.01%
INPUT SENSITIVITY input level which produces 100W output into 8 ohms. 0dB(0.775 V rms)
INPUT IMPEDANCE Balanced and unbalanced inputs, maximum attenuator setting. 25 k ohms
8 OHM DAMPING FACTOR 1 kHz Greater than 350
200 20 kH:z Greater than 200
S/N RATIO Input shorted at 12.47 kHz 110dB
Input shorted at IHFA 115dB
SLEW RATE Stereo 8 ohms 60V / usec
Mono 16 ohms 90 V/ usec
CHANNEL SEPARATION 8 ohms 120W 1kH: 95dB
8 ohms 120W 20to 20 kH: 80dB
DIMENSIONS (WxDxH) 18-7/8x16-1/4x7-1/4"  (480x+413x183 mm)
WEIGHT PC2002 44 pounds {20 kg) PC2002M 45 pounds (20.5 kg)

o chanee withour notie

The performance of the PC2002M speaks for itself. So does its sound,
with exceptional low end response. And you can count on its superior
performance over the long haul. We use massive side-mounted heat sinks,
extensive convective cooling paths and heavy gauge steel, box-type chassis
reinforced by heavy gauge aluminum braces and thick aluminum front panels.
Yamaha'’s reliability is legendary, and with the PC2002M and PC2002 (same
amp without meters), the legend lives on. For more complete information write:
Yamaha International Corporation, P.O. Box 6600, Buena Park, CA 90622.

In Canada, Yamaha Canada Music Ltd., 135 Milner Ave., Scarborough,
Ont. M1S 3R1.

© YAMAHA
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P A,

‘. - Cardioid o v
“~ G-
L 2 Omnt

Figure 4. Random Energy Efficiency
{REE). When both microphones are
equidistant from a speaker, and

are adjusted for equal level, the ambient
noise level picked up by the cardioid

will be one-third thatof the omni (-4.8dB).

tance factor is then a measure of the
“reach” of a directional microphone in
just the same way that the directivity
index of a loudspeaker is a measure of
its “throw.”

Note that the remaining cardioid
variations, the supereardioid and the
hypercardioid. have even more reach
than the simple cardioid. Even though
these patterns have rear-directed lobes.
they have more overall rejection of
randomly ineident signals than the
simple cardioid.

There remains asignificant problem
with the cardioid family of patterns—
proximity effect. Proximity effect is
the tendency of a directional pattern
to overemphasize the low-frequency
content of closely placed sources.
FIGURE 5 shows the problem as typi-
cally observed. If proximity effect
resulted in a fixed amount of boost. it
could simply be filtered out; but that

is not the case. The amount of low-
frequency rise is inversely proportional
to the talker-to-microphone distance.
and any corrective filtering will only
be accurate for one distance. Never-
theless. many directional microphones
manufactured over the years have so-
called “voice” and “music” switch
positions that provide a rough compen-
sation for proximity effect. Still other
microphones. those that are intended
only for close-up usage, are designed
to be rolled off permanently at low
frequencies, as shown in FIGURE 6.

The bidirectional pattern exhibits
the greatest amount of proximity effect
of all the first-order patterns shown in
FIGURE 3, and for that reason alone it
is not recommended for sound re-
inforcement work.

PICKING UP SOUND
AT A DISTANCE

In typical legitimate theater speech
reinforeement, microphones may be
placed on the stage apron in the vieinity
of the footlights. In those cases. the
actors will be some distance from the
microphones, and the system will not be
capable of producing very much acous-
tical gain before ringing and colora-
tion intrude. Fortunately, not much
acoustical gain is required in such
cases. More often than not. the purpose
of a reinforcement system in the legiti-
mate theater is to add just a little
amount of high-frequency edge to
improve articulation and to overcome
high-frequency losses that may be
inherent in the relatively absorptive
environment of the theater.
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Figure 6. Proximity effects in a typical
capacitor cardioid microphone.
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Figure 5. Calculated plots of proximity
effect for a uni-directional microphone at

60 cm (2 ft.).

www americanradiohistorv com

Almost invariably, omnidirectional
microphones should be used for flush-
mount applications, sinee any kind of
directional model will see interferences
from the close-by reflective floor plane.
The most unobtrusive models are
probably the Crown PZMs and other
low-profile designs intended for sur-
face mounting.

HIGHER ORDER
MICROPHONES

The patterns shown in FIGURE 3 are
all first order. What this means is that
they are composed of simple constant
and cosine terms, as indicated in the
first line below the illustrations of the
paterns. Higher order microphones are
composed of squared cosine terms, and
they are hard to realize physically.
Their tight patterns are usually ex-
hibited over a relatively narrow fre-
quency range. They are difficult to use
in most typical speech reinforcement
applications, but they are useful in
many broadeast applications.

Typical of these designs are the so-
called “shot gun” microphones which,
over the frequency range from about
700 Hz upward. exhibit distance
factors up to 2.5. ]
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Theory & Practice

The Other Digital Revolution

® | have recently heard some highly
interesting comments about digital
audio tape recorders and disc players.
Certain individuals have felt compelled
to come to the rescue of recorded music
and save it from digital Armageddon.
in much the same way that a number
of years ago they probably came to the
rescue of teeth when they were threat-
ened by the Communist plot to fluori-
date drinking water.

A LITTLE BACKGROUND

Reeves invented pulse code modula-
tion back in 1939 and was granted a
patent for it in 1942, while Shannon
published his sampling and communi-
cations theories in 1948, But, apparently,
some people only heard about (or
bothered to listen to) digital audio this
fall. Suddenly, digital audio detractors
have been surfacing faster than pops
on a vinyl L.P. Most of their statements
are so convoluted that no known logic,
metaphysical or otherwise. could ever
disprove them. Listen to this: “the
Compact Disc will not fool the ear
forever.” or. “as digital recordings
enter the discography. there will be an
evolution of decreased desire to listen
to recorded music.” As you can imagine.
it is pretty difficult to respond to such
statements. As far as their more vaguely
specific criticisms. such as: “it sounds
too cold.” or. “it is unnaturally clean.”
they are equally hard to decipher.
When digital manufacturers hear such
things, and find themselves unable to
meaningfully defend against meaning-
lessness. I'll bet they're filled with
stress.

Anyway. some of the criticisms
leveled against digital audio have been
particularly nasty lately: I suspect the
appearance of bins of CDs on the front
aisle of most record stores has triggered
the inevitable reaction from analog
audiophiles. Frankly the vehemence of
their attacks has indicated to me that
they must feel that the end of analog is
near. I can sympathize with their

despair; things have come a long way
since 1939 and a tremendous accelera-
tion has occurred thanks to technology's
development. Now that most leading
studios have digital recorders (making
digital recordings uneventful). and both
digital players and digital recorders
are entering the consumer market-
place, I can well understand their fear
that the battle is almost lost. However,
I would like to point out to them that
it’s even later than they think.

IS THE WAR OVER, ALREADY?

One digital critic has frankly ad-
mitted that for him all digital record-
ings have been disappointing, and that
he simply cannot listen to digitized
music. [ feel very sorry for him be-
cause. soon, not only will all recorded
music be denied him. but a lot of live
music as well. His choice will be quite
limited: all CDs—out:; all digitally
recorded vinyl—out; all analog record-
ings with digital effects or reverbera-
tion mixed in—out. Even if he goestoa
live concert, he better bring his Digital
Detector/Alarm for his well-being
because he’s not safe there, either. You
see. as with all great revolutions, the
digital audio revolution has consisted
of warfare on several fronts. and while
the recording community anxiously
watched the headlines to see which
studio would next go digital and at
what sampling rate, it perhaps lost
sight of the other digital revolution.
More than recorders and players. discs
and tape. more than reverberation and
other signal processing, digital has
revolutionized the very origins of music
itself—musical instruments: that very
tight drum sound—uh oh; that beauti-
ful viola sound—uh oh! Musieal instru-
ments are getting digital, and in an
especially insidious way.

THE COVERT REVOLUTION

The Synclavier Il is a keyboard
synthesizer; yet its manufacturer, New
England Digital, likes to claim that it
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marks the end of synthesizers—not just
the end of their competitor’s synthe-
sizers. but all synthesizers. including
their own. Rather than joy in product
mortality. their goal involves startling
longevity. They envision an evolution
of digital musical instruments in which
they will grow to encompass the entire
production process. They believe that
the Synclavier II will grow to become a
complete digital mastering studio—
uh oh!

The Synclavier 1I is certainly a
digital keyboard. and its ability is
augmented by a 16-bit minicomputer
with provision for floppy or hard disk
storage. Anywhere from 8 to 128
voices or more (or partial timbres as
they are more properly called). can be
accessed from one key on the keyboard
to create 96 harmonics; and using a
chorus function, a key can trigger up to
sixteen voices for 384 harmonics. A
partial timbre contains the following:
24 separately adjustable harmonics.
a six-stage volume envelope generator
with control of delay, attack. peak,
initial decay. sustain and final decay.
a six-stage harmonic envelope for
control of FM ratio. vibrato control
with five waveforms and three wave-
form modifiers with speed. depth. and
attack/decay time control. polyphonic
portamento control with four variable
rates, separate keyboard adjustment
of envelopes for longer decay with
lower pitches, chorus function for
individual or all timbres. automatic
repeat function. eight-assignment split
keyboard, pitch control for different
scales such as whole tone, quarter tone.
microtonal. and scale variance to alter
individual note values. Clearly. the
Synclavier is a versatile keyboard in-
instrument. But as a digital music
system, we've only just begun.

The Synclavier Il contains a 16-track
digital memory recorder with punch
in and out. fast forward and reverse
{with a great inertia simulator). vary
speed. vary pitch, time correction,
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track time variation, track transposi-
tion. 16-track independent looping.
track solo. pitch bending. click track,
single track overdubbing, synchroniza-
tion, bouncedown. timbre replacement,
and, with the stereo option. dynamic
panning is possible—as well as special
effects. For examples, each partial
timbre can be panned in one of 100
different phantom locations. The stereo
option also allows the 16 tracks to be
transferred directly to 2 track tape.
The trick to all this is rather simple;
the recorder is storing events. not the
sounds themselves. The instrument’s
status is scanned every 5 milliseconds
and position changes are recorded. [t is,
in effect. a kind of floppy disk-based
automation package. minus the need
for audio tracks. Okay. it's a great
synthesizer with a high-powered se-
quencer and floppies. But there's more.

AND THERE'S MORE,
AND MORE, AND...

The terminal option permits use of a
video terminal such as the DEC VT100
to utilize the programmability of the
computer. Three packages are avail-
able: a Graphics program. the Script
music language, and Max. a program-
ming language. Graphics is used to
display timbral information either to
analyze existing data. or to gain in-
formation to help create new timbres

via the keyboard. Script ean be used
to input a score into the computer,
accomplish editing, and then perform
the piece in real time. Alternatively, a
piece could be performed, and then its
score created and displayed on the
scereen. In addition to standard musical
notation, Script displays note lists for
each of the 16 tracks, providing in-
formation on pitch, rhythm, articula-
tion, timbre. and volume. Also, key
signature can be altered, as can tempo
changes. frames per second, special
tunings. slurs and repeats, The Max
program can be used to enhance the
XPL structured language used in
the Synclavier I and permits imple-
mentation of data structures different
than the note-processing structure
normally used. With a Z-80 CP/M
option, the Synclavier Il runs standard
software and behaves like a personal
minicomputer. Okay. okay, it's a
computer, too. But there's more.
Sheet music printing is rapidly
accomplished with Graphics, the
printer option, and a printer. Stan-
dard music notation as displayed on
the terminal CRT may be transferred
to hard copy via a high resolution dot
matrix printer. Since the system
creates, stores, and performs compo-
sitions by itself. it's not clear who
needs sheet music: can musicians even
read music anymore? Speaking of non-
conservatory types. an electric guitar

crow
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option permits complete access toall of
the Synclavier II's features; a 16-button
LED panel attached to a Roland GR
guitar controls real time features.
Now the keyboard player, drummer.
and guitar player are digital. Who's
next, the bass player? And what about
the lead singer? Uh oh!

As if all this wasn’t enough, as if this
hadn’t carried musical instruments
far enough into the digital domain,
they had to invent the sample-to-disk
option. Using a 5 MByte Winchester
hard disk and 50 kHz 16-bit sampling
and conversion, any sound or signal
can be digitally recorded and fed into
the system for performance or analysis.
For example, a tympani is recorded/
sampled and assigned to the keyboard
for pitched playback; there is no need
to carry those copper kettles around
anymore; they have been reduced to
bits. Or perhaps you want to create a
new kind of tympani; use the sampled
data to analyze the harmonic {or in-
harmoniec structure) of a tympani
{using an FFT or something), and in
general play around with the bits to
dream up something a little different,
but based on authentic tympani acous-
tics. Although sample-to-disk is pres-
ently monophonic, a polyphonic version
is currently in the works, first with
4 voices. then 8. 16. 32...the only
limitation being available disk space.
In other words, the instrument will
have become a hard disk-based record-
ing studio. At that point. the circle
will have been closed and the war won
—digital musical instrumnents and
production and recording studios will
have become synonymous hardware.
differentiated only by the currently
loaded software. The general purpose
digital computer will have completely
taken over the studio.

A LAST DIG

Well. [ just wanted to have this little
chat with critics of digital audio—just
wanted to let you know that your forces
have been flanked, and more or less
encircled. You certainly were argu-
mentative about digital storage meth-
ods. Your thesis that music was so
incredibly complex that its informa-
tion content defied digital techniques
certainly bewildered a lot of people.
Whereas everyone else in all other
professions had gone digital, you
stoutly maintained that music never
could. Well. it sure was fun. But now
that music itself is digital, because
of the enthusiastic support of the
composers who compose it and the
musicians who play it, your obstinate
role as a critical listener will just have
to change.

While in the past it might have been
interesting to protest against the
digital recording of analog music, now
anyone objecting to digitally recorded
digital music would be considered
a real erackpot. Uh-oh! |
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Digital Aucdlio

Upconverting D/A

® (ne of the most novel applications of
the re-sampling idea was presented to
the Rye AES conference on digital
audio by Plassche and Dijkmans of
Philips Research Laboratories. They
demonstrated how one can get better
than 90 dB of signal-to-distortion ratio
out of a 14-bit D/A converter. We all
know that a theoretically perfect
14-bit converter would only yield about
85 dB. yet they correctly found a
method to have a bit of a free lunch.
They invented an old idea in a new
format. They built a monolithic D/A
using the re-sampling idea.

The key to the approach is that many
D/A structures will actually convert
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at a faster rate than 50 kHz. They
therefore took advantage of the extra
speed to earn more dynamic range. We
will develop the idea more extensively
in order to understand how this works.

We start by observing that a perfect
D/A will result in quantization noise
that is uniformly spread over the
allowable spectrum. The magnitude
of the quantization error, or its energy,
is determined only by the size of the
LSB. The arguments were developed
in the Digital Audio series several
years ago but will be repeated briefly.
Assume a 20 bit digital word which is
a very accurate representation of the
audio signal. If this feeds a perfect
14 bit D/A, then the last 6 bits do
nothing since they have no correspond-
ing bits in the D/A. The error is thus
determined by the missing bits. If we
define the LSB of the 14 bit device as
being equal to 1 mV, then the remain-
ing bits which we removed have a
range of 0 to I mV. Since DC is usually
not relevant, we say that the errorisa
peak 0.5 mV. Since the worst case
error is just as likely as any othererror,
we have to average the result. In tech-
nical terms we say that the error value
has a uniform probability density
function, since all values of the error
are equally likely. With a little mathe-
matics we arrive at an RMS value for
the error which is given by

1

V.. = 12 (LSB).

The next part of the argument is that
these errors are independent from
sample tosample. If the error on sample
one is +0.22 LSB, then the error on
sample two is just as likely to be any
value over the range of +0.5 to -0.5
LSBs. This is the notion of statistical
or uncorrelated independence. When
this condition is true, the spectrum of
the error is flat or white. There is an
equal amount of noise energy in the
region of 0 to 1 kHz as there is in the
region of 1 to 2 kHz. Because the range
of the spectrum is defined by the
sampling frequency, we can determine
the amount of noise in the audio band
by simple division. With a 50 kHz
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sampling rate, the defined band is from
0 to 25 kHz. 80 percent of the noise
power will be in the spectrum of 0 to
20 kHz. Using an analog meter, we
would observe 1 dB less noise in the
0 to 20 kHz region than we would in the
0 to 25 kHz region. [f the measurement
had been made from 0 to 12.5 kHz, we
would measure a noise level 3 dB
smaller. In some sense, this shows the
advantage of oversampling an audio
signal.

In fact, delta modulation takes full
advantage of this property since the
effective sampling rate can be many
megahertz. For each doubling of the
sampling frequency, the noise is re-
duced by 8 dBin a fixed band. The total
noise is constant but it is spread over a
much larger spectrum. Mathemat-
ically, we can better describe this
situation by creating a measure of the
power per Hz. This is called the noise
energy density. Sometimes it is repre-
sented as volts per root-Hz, The square
root operation comes from the fact that
noise voltage is the square root of noise
power. To convert from noise density
to noise, we multiply by the square root
of the bandwidth if the density is ex-
pressed as volts/\/Hz. Typical opera-
tional amplifiers are described in these
terms.

In our discussion we have assumed
that the noise density is spectrally flat.
This is not always the case. With opera-
tional amplifiers, there is often a rise
in the noise density at very low fre-
quencies and a gradual rise at higher
frequencies. With the quantization
noise discussion, we start with the
assumption that it is spectrally flat.
This assumption is a good one when the
signal is either high level and/or
spectrally complex. The exact nature
of the assumptions, however, is a
difficult subject which is beyond the
scope of this particular discussion.

OVERSAMPLING

How can we take advantage of the
reduction in noise by oversampling?
Think back to the discussion on re-
sampling during the last few months.
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The first part of a re-sampler is the
increase in the sampling rate by inject-
ing artificial 0s between true samples
followed by a low pass filter. To in
crease the sampling rate by a factor of
four. we add three 0s between each
sample and then pass the resulling
digital data into a lowpass filter which
cuts off at 20 kliz but operates at an
effective 200 kHz rate.

Although the original data might
have only been 50 kHz. the new digital
data is oversampled by a factor of four
since it runs at 200 kHz. Conceptually.
this is indistinguishable from having
sampled the original audio signal at
four times the rate. If the implementa-
tion of re-sampling uses high quality
digital structures. the new signal has
the same S/N as the original.

Now we are al a very interesting
point. The new signal can be truncated.
i.e., remove the lower bits, and feed to a
D/A converter. The converter is run-
ning at four times the rate. so the
quantization noise power is spread
over a band which is four times larger.
In the audio band from 0to 20 kHz. the
power density is reduced by four and
the noise voltage is reduced by two.
This gives us a 6 dI3 reduction in noise.
The 14 bit converter now hasadynamic
range equivalent to a 15 bit converter.
The technique could be extended
further by oversampling to 200 kHz.
This would have produced another

The sensitive periormer ;
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6 dB reduction in noise. The ability to
create fast data streams is a function
of the hardware. At some point. the
economics of this kind of hardware
becomes unattractive. The digital low-
pass filter becomes much more com-
plex and much more expensive; also.
the DD/A converter no long is able 1o
keep up with the data. There is clearly
an optimum rate for oversampling, but
this optimum is a strong function of
current technology. Today’s optimum
will probably not be tomorrow’s opti-
mum.

NOISE SHAPE

The magnitude of the noise is deter-
mined only by the lack of low bits. but
we can control the spectral shape using
special techniques. Notice that, if we
could change the shape of the noise
spectrum but keep the magnitude con-
stant. we could still further reduce that
portion which appears in the audio
band. Quantization noise no longer is
representative of audio noise if we place
the dominant part of that noise in the
region above 20 kHz. Ordinary analog
lowpass filters would then be able to
remove it.

Spectral shaping of the noise is an
old idea that has been applied to delta
modulation svstems and differential
PCM systems. To appreciate the nature
of noise shaping. we need to ask: Does
the 1/A conversion create the noise?

We could answer yes. since the lowest
levels are truncated. More appro-
priatelv. however. we should note that
the act of truncation is actually per-
formed before the D)/A activity. The
removal of the bits isdone in thedigital
domain, not the analog domain. We
thus need to consider a way of changing
the signal before truncation sueh that
the power in the truncated part has a
different spectrum. The property of
being spectrallv white. in which the
power is equal over the spectrum, comes
from the fact that the error for each
sample is independent. Could we make
the errors dependent? The answer is
ves. By selecting the nature of the
dependence we can change the spectrum.

Let us illustrate the process with a
DC signal. Suppose we wish to produce
a DC signal of 1.03151 volts in a system
which has the LSI' defined as 1 mV.
Such a svstem can produce a voltage of
1.0345 or 1.0356. but not the inter-
mediate value of 1.03451. Now, let us
consider a system which had nine
samples at 1.0315 and one sample at
1.0346. The DC value isexactly 1.0:3451.
This idea is identical to that of using
dither. Notice that the digital input to
the conversion process corresponds to
1.03451. and the error of 0.0001 is used
to influence the main signal. After the
errors have accumulated. the value
present to the D/A is increased. In this
kind of a svstem. the errors are not
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statistically independent. The 10th
word of 1.0456 has an error of -0.0009
whereas the other nine samples had an
error of 0.0001. These nine samples
influence the error of the 10th. Such a
system will not produce statistically
independent errors and the spectrum
will not be white. If we can find such
an algorithm that reduces the voltage
noise density in the 0 to 20 kHz spec-
trum by 6 dB. we would have earned
another bit in the D/A process.

Noise shaping is a way of including
the cumulative error over many sam-
ples. Normally. theerror is only limited
in its peak maximum. Bvaccumulating
the errors. however, the sum of the
errors over many samples is further
limited. Let us compare 16 samples at
200 kHz with error accumulation to
four samples at 50 kHz without error
accumulation. In the latter case, the
sum of the errors will be 6 dB higher
than the individual errors. (Statistical
errors add in the square sense as if they
were power.) The “average” error is
reduced by a factor of four since there
are four samples being considered.
Relative to the LSB reference. the
average is 0.5. Let us compare this to
the accumulation case. Here. the sum
of the errors cannot be greater than
the peak because if it were, the accumu-
lation would change the errors. The
average is thus reduced by 16 instead

of four. The above is only an approxi-
mation to the real case since we need
complex mathematical equations to
demonstrate the real operation of the
system. We have only provided a
plausibility argument.

Noise shaping does have some issues
worth considering. The primary one is
that of increased hardware cost. With
the advent of VLSI (Very Large Scale
Integration) it is possible to place this
kind of complexity on a single mono-
lithie IC.

There are several very nice by-
products of the oversampling approach.
The higher sampling frequency means
that the anti-image filter is much
easier to build in the analog domain.
We are separating the 20 kHz region
from the image at 180 kHz. This is a
900 percent difference. compared to the
usual 25 percent difference. Because
the filter is so simple. phase linearity
is also possible; aperture correction
is equally trivial.

All of these benefits come from the
fact that the real burden of filtering is
placed in the digital re-sampling filter.
Since this has no drift or accuracy
issues, once having been designed, a
more uniform quality results.

ECONOMICS

The usual rules of economics dra-
matically change in this class of tech-

nology. With old-fashioned audio. we
determine the cost on the basis of the
number of components. With large
scale integration, the circuit complexity
itself is not a cost-related item. The
economics come from other considera-
tion such as size of the chip, yield in
manufacture. development and testing.
The size of the chip is important be-
cause it relates to the number of ICs
that can be produced per manufactur-
ing run. A run has a fixed cost. If we
can make 1000 ICs from one wafer. the
cost is 10 times less than if we can make
100 ICs. Similarly. the yield is very
important. If 50 percent of the ICs are
defective. then the manufacturing cost
1s (obviously) twice that of a 100 percent
vield. Finally. the development and
testing activity is so complex that the
amortization is important. For this
reason. VL.SI can only really be con-
sidered for very large production runs,
such as in the consumer industry.

For a given yield rate. it makes no
difference what is on the IC. This makes
monolithic ICs very interesting. even if
there are complicated digital filters in
the design. The oversampling D/A
converter by Philips is a verv good
example of taking advantage of these
issues. It is a mixture of analog and
digital technologies in that it over-
comes the limits in the analog domain
by using digital means. |

fur each year. Foreign subscrip
tions payable ONLY in U.S. funds

Ve,
TN

Name

 Foreign subscribers add $3 Address

by international draft or money order,) City

XRAALLNS

Because you are ... creatively involved in how sound
is produced and reproduced, and are serious about
creating and recreating music both live and recorded.
Modern Recording & Music can heip

you develop your talent. Subscribe Now.

1120 Old Country Rd. Plainview. NY 11803
(516) 433-6530

I wish toJsubscribe (] renew today and save $16.00.
$15.00 for 12 issues—Save $8.40. $26.00 for 24 issues—Save $20.80.
O Check Omoney order enclosed forthe amountof $_

My account numberis: O Visa OO Mastercharge [ I [ T [ [T T T TTTTTT]

Exp Date _/__ /o _
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Updcdated

Recording Studio Handbook

A must for every working

professional. . . student. ..

audio enthusiast

Features latest state-of-the art

technology of creative sound recording.

21 Fact-Filled Chapters

I. The Basics
1. The Decibel
2. Sound

I, Transducers: Microphones
and Loudspeakers

3. Microphone Design

4. Microphone Technique

5. Loudspeakers

ill. Signal Processing Devices
6. Echo and Reverberation
7. Equalizers
8. Compressors. Limiters and
Expanders
9. Flanging and Phasing

V. Magnetic Recording

10. Tage and Tape Recorder
undamentals

11. Magnetic Recording Tape

12. The Tape Recorder

V. Noise and Noise Reduction

13. Tape Recorder Alignment

14, Noise and Noise Reduction

15. Studio Noise Reduction
Systems

VI. Recording Consoles
16. The Modern Recording
Studio Console

Vil. Recording Techniques
17. The Recording Session
18. The Mixdown Session

Three ali-new Chapters

19. The In-Line Recording
Studio Console

{The O Module. The Basic
In-hne Recording Conséle.
Signal fiew getails.)

20. An Introduction to Digital Audio
(Digital Design Basics Digital
Recorting and Playback. Error
Detection and Correction. Editing

Tapes.}

21. Time Code Implementation
(The SMPTE Time Code. Time-
Code Structure Time-Code
Hardware )

Principles

The Recording Studio Handbook 1s an indispensable guide with some-
thing in it for everybody It covers the basics beautifully. It provides in
depth insight nto common situations and problems encountered by the
professional engineer It offers clear. practical explanations on a prolif-
eral i new devices And now it has been expanded with three
all-new chapters . .. chapters on the in-line recording studio con-
sole, digitial audio and time code implementation,

Sixth printing of industry’s “first” complete handbook

The Recording Studio Handbook has been so widely read that we've
had to go into a sixth printing to keep up with demand (over 30.000
copies now in print) Because it contains a wealth of data on every
HHEpA TdAa U TRLTTT Ty VeI §y - 1 Io HivalbalJie 1V dityyudis 1t
lerested in the current state of the recording art (It has been selected
as a lextbook by several universities for their audio training program.)

Highly Acclaimed
Naturally, we love our book. But don't take our word for it. Here's what

he audio liter
a very fine book .. I recommend it tughly.” High Fideity
“A very useful guide for anyone senously concerned with the
magnetic recording of sound " Journal of the Audio Engineenng
>OCHely

15-Day Money-Back Guarantee

When you order The Recording Studio Handbook there's absolutely no

nsk involved Check it out for 15 days If you decide it doesn’'t measure

up to your expectations. simply send it back and we’ll gladly refund
mc

Easy to Order

You can enclose a check with your order or charge it to Master Charge
or BankAmericard/Visa. Use the coupon below to order your copies of
the new updated Recording Studio Handbook ($39 50)

ELAR PUBLISHING COMPANY, INC.
1120 Oid Country Road, Plainview, N.Y. 11803

Yes! Please send ____ copies of THE RECORDING
STUDIO HANDBOOK. $39.50. On 15-day approval.

————— iy

Name
Address 00 S

City/State/Zip _ - S

Total paymentenclosed S _
{In N.Y.S. add appropriate sales tax)

Please charge my [_] Master Charge

BankAmericard/Visa

Account # Exp. date

Signature

{changes not valid unless signed)

Outside U.S.A. add $2.00 for postage.
Checks must be in U.S. funds drawn on a U.S. bank.

om———————
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MICROPHONES!

At long last, all the questions you ever
asked...all the problems you ever grappled
with...are answered clearly and definitively!

M. 'I'lle
Handbook

In 256 fact-filled pages, liberally sprinkied
with over 500 llluminating photographs,
drawings and dlagrams, John Eargle covers
virtually every practical aspect of micro-
phone design and usage.

— —
—

ol

Completely up to date, this vital new handbook is
a must for any professional whose work involvas
micropncnes. Here are just a few of tre topics that
are thoroughly covered:

- Directional characteristics—the basic patterns.
- Using patterns effectively.
- Microohone sensitivity ratings.
- Remote powering of capacitors.
- Proximity and distance effects.
- Multi-microphone interference problems.
- Stereo microphone technigues.
- Speech and music reinforcement.
- Studio microphone technigues.
+ Microphone accessories.
And much, much morel

!

THE MICROPHONE HANDBOOK. You'll find i

yourself reaching for it every time a i
new or unusual problem crops up. Order e

i

1

!

!

ELAR PUBLISHING CO., INC.
1120 OId Country Road, Plainview, NY 11803

Yes! Please send copies of The Micro-
phone Handbook @ 528.50 per copy. (New York
State residents add appropriate sales tax.)

Payment enclosed.
Or charge my [] MasterCard Visa

ACCt. # Exp. Date

please print)

your copy now! Address
City
JOHN EARGLE, State/Zip
noted author, lecturer and audio expert, is vice-president
market planning for James 8. Lansing Sound. He has also Signature

served as chief engineer with Mercury Records, and is a
member of SMPTE, IEEE and AES, for which he served as

: 4 Outside U.S.A. add 52.00 for postage. Checks must be
president in 1974-75. Listed in £ngineers of Distinction

in U.S. funds drawn on a U.S. bank.

If you aren't completely satisfied, you may return your copy
in good condition within 15 days for full refund or credit.

he has over 30 published articles and record reviews to
his credit, and is the author of another important book
Sound Recording
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Editorial
Redux

‘ ‘ N A FIELD as broad as professional audio has
become, the dissemination of information neces-
sary to the improvement of performance
becomes vital. However, with the exception of

the highly respected professional societies, no one has
yet come forth to provide such service. db’s emphasis,
therefore, will be to complement the theoretical
orientation of existing publications with a focus on
the practical aspect of new concepts. We will make
db a central source for reports on new techniques as
well as previews of new equipment and new ideas.

“Since our purpose is to establish an intra-industry
dialogue with immediate relevance to everyday
applications, we trust that db will become an in-
valuable journal for all audio engineers and tech-
nicians in broadcasting, recording, sound reinforce-
ment, film and tv sound, video recording, the audio-
visual field, and closely allied areas.”

What you have just read was written by me in 1967
as part of the first issue’s Editorial. While it’s true
that other publications have come onto the scene
since that time, it is also true that we have been faith-
ful to our 1967 declaration for all those years and we
will continue to be so. In fact, let me close with
another quote from the first Editorial:

“We at db will endeavor to maintain a consistently
high standard of technical accuracy and editorial
excellence. We sincerely trust that our objectives will
meet your needs and earn your encouragement.”

We've been doing it, and we shall always try to
doit. L.Z.

www americanradiohistorv com
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MARK McKENNA

Bearsville’s Control Room B—
Remodelling for the 80’s

The remodelling of Bearswille’s Control Room B revolved
around the need for more space and a desire to be
able to change the room’s acoustics at wrll.

EARSVILLE STUDIOS OPENED for business in 1970
as a 16-track studio catering to the needs of Bears-
ville Records and a surrounding musical com-
munity that included The Band, Todd Rundgren,

Maria Muldaur, Paul Butterfield and many more too numer-
ous to mention. The studic was built by owner Albert
Grossman, who founded Bearsville Records after guiding
the careers of Bob Dylan, Peter Paul and Mary, Janis Joplin.
The Band and others. The premise of Bearsville Studios,
then as now, was to provide a superior recording environ-
ment in a relaxed and beautiful setting.

Keeping pace with the developments in musie recording
requires almost constant research and revision, and Bears-
ville has gone through its share of changes. In the spring of
1982, chief engineer Ken McKim and then studio manager
Griff McRee presented a comprehensive proposal delineating
the need for an improved controi room design for Studio B,
one of Bearsville’s two 24-track rooms.

Shortly thereafter, George Augspurger of Perception, Inc.
was enlisted to handle the architectural and acoustical re-
design of the room. Mr. Augspurger’s reputation as a top
designer in his field is built upon many successful room
completions. as well as his tenure as a product manager
with JBL. Initially, Augspurger developed four different
layouts for the control room. tailoring them to the studio
staff’s request that the room be deader in the front and more

Mark MeKenna is the studio manager of
Bearsrille Studios.

live in the rear. McKim and staff busied themselves with the
arduous task of selecting an appropriate console to replace
the Bearsville modified Quad-Eight: the old desk had
recorded gold and platinum records for the Isley Brothers,
Meatloaf and Randy Vanwarmer, to name just a few.

OUTFITTING THE ROOM

After auditioning modules from several popular console
manufacturers, an opportunity arose to acquire a Neve 8068

Control Room B featuring a Neve 8086 console, Studer
A-80 VU MK Il & 24-track tape machine. URE! Time-
Aligned ™ monitors. and LinnDrum.
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20 reasons why
the QSC Model 1400
should cost more.

And why it doesn’t.

Until now, designing a premium professional amplifier
was seemingly a set procedure. All that was needed 1o intro-
duce a new productwas a new feature, a hot new component,
more power, or perhaps some complicated circuit gimmickry
designed to impress others with “technical superiority.”

The results were almost always the same: very littie improve-
ment in real-world performance or refiability accompanied by
a hefty increase in price.

Butwe at QSC decided that you deserved more than that.

So we went back to square one, taking @ hard look at pro-
fessional amplifier design and construction basics. We found

a lot of room for improverment. Time and Technolo?y had

changed things. Approaches that had been taken

1. Power
A hefty 200 wotts per channel @

8 ohms, 300 wotts per channel @
4.ohms, 20- 20kHz, bothchannels
driven.

2. Lightweight, Compact Size
Advanced design reduces weight
toamere27 Ibs.

3. Flow-Through Cooling
High-turbulence heatsink thermalty
coupled to faceplate dramatically
reducesweight. Two-speed fan with
back-to-front airflow also hefps
keep rack cool,

4. Case-Grounded Output
Transistors
Provide a 25% improvement in
thermal transfer increasing reliabil-
ity through reduction of thermal
cyefing fatigue and insulation
breakdown.

PREMIUM COMPONENTS

5. Large SOA, High Speed,

Mesa Output Transistors
Renowned for their ruggedness
and audiophile sound.

6. 5532 Op-Amp Front End
High speed, low-noise, and low-
distarfion ap-amp designed
explicitly for high-performance

7. Highbe sy,

. High-Density,
Lo?n ESR Filter Capacitors
The very latest in advanced foil
technology, reduces size and
weight while improving
performance.

8. FR-4 Fiberglass PCB's
High quaiity circuit boards,

9. Single Piece 14-Gauge Steel
Chassis with Integra
Rack Mounts
Thicker than normat for extra
strength, no welds to crack or
SCrews 1o loosen

10. Full Complementary Output
Circuit
For apfirmum performance and

T
1. m ndent DC
and Sub-Audio Speaker
Profection
Circuit design inherentty protects
speaker from DC ar sub-audio

or granfed

for years were out of date. They needed re-evaluation...and
abreath of fresh air.

With that in mind, we designed Series One. A line of amps
that include a host of features (including many advancements
gained from our revolutionary Series Three amplifiers) and
the finest in high quality/high performance components. We
examined existing construction and assembly methods and
re-engineered them to be much more efficient.

The result is almost unbelievable. Take the Model 1400 for
example. It's equal fo or better than any premium power amp
on the market in terms of features, performance, reliability, or
quality of components. In terms of price, it could command
a comparable price tag. But the same rethinking that made
the Model 1400 fechnologically superior also made it less
expensive, How much less? Like we said, it's almost unbeliev-
able: only $698.00¢

In alt modesty, we feel that we've created a whole new price-
class of premium power amplifiers. A look at the features we've
outlined here will %ive you some indication of the technologr
that makes the QSC Model 1400 uniquely superior. fronically,
many are the same features that make it so affordable.

To find out more about the 1400, see your QSC Audio Prod-
ucts dealer. After all, can you afford not fo?

surges due fo output failure, Acts

independently on each channel.
12. Dual Power Supplies

Split power transformer with

separate rectifiers and fitters. Pra-

vides better channel separation

18. Mono-Bridging .
and Input Programming
itches

Maximunn flexibility without
jumpers or paich cords.
19. Optional 70-Volt Output

and improved reliability. Transformers
13. Patented Dutput Averaging™ Mount right on the back for use in
Shon-Circuit chian distributed sysfems.
Provides superior shorf circuit 20. 2 Yeors Parts and
protectian without the audio degra- Labor Warranty
dation found in WA limiting. A quality product backed by an
14. Thqulﬁssme:an;On,Tg;Sn-Oﬁ extended warranty.
nput muting relay provides turn-on “Manufocturer's suggesied
delay and instant tum-off to pro- : rertpoce
tect sensitive drivers and speakers.
15. Active Balanced Inputs
Far sur%eérior audio performance
while reducing cable-induced hum.
COMPREHENSIVE INTERFACE PANEL L0
16. gcctul Input Socléet
cepts active and passive input
e QSC Audio Products
modules such as comp/limiters, 1926 Placentia Avenue

crossovers, and transformers.,
17. % RTS, XLR, and Barrier Inputs
No need for adapters.
CANADA: SF MARKETING, INC... 312 Banjomin Hudon. Monfreal, Quebec, Canada HAN M4

Costa Mesa, CA 92627

INTERNATIONAL: E AND E INSTRUMENTS INTERNATIONAL, INC.. 23011 Moutton Pariway, Buiding F7. Laguna s, CA 92653

Ol |
" - e L

-
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wwWw americanradiohistorvy com

While for detais ond specificahons on thesé and othér products


www.americanradiohistory.com

db November 1983

24

in excellent condition. Soon after. Ken McKim flew to
France to investigate the console, which was subsequently
purchased by Bearsville. With its smooth sound and straight-
forward lavout. the 8068 was a natural choice. Included
with the console was the added bonus of eight Neve com-
pressor/limiters.

Since Studio B was to undergo a complete facelift, no
aspect of the recording/monitoring chain was to escape
review. McKim, McRee, and Grossman decided to install
Studer tape machines in the new room: specifically an
A-80 VU MK I1I 24-track, A-80 VU MK III half inch 2-track
and a B-67 quarter inch 2-track. The decision was based
on Studer’s maintenance record, gentle tape handling and
superior audio performance.

Selection of the control room monitors was based on the
widespread acceptance of the UREI Time-Aligned (TM)
Series. These speakers were first introduced to Bearsville
in the Studio A control room, where a pair of UREI 8117,
combined with a stereo subwoofer system, provided a pleas-
ing sound with a “punchy” low end—and no room equalizers.
George Augspurger is. of course, well known as a designer
of studio monitors. but he commended the choice of URE]
813-As for Studio B because of their industry-wide appeal.
His contribution to the monitoring system was the design

of a stereo subwoofer system, installed in tuned ported
cabinets under the control room window.

Meanwhile. Grossman and the studioc staff had agreed
upon one of Augspurger’s room designs—with some re-
visions of their own. An addition to the studio building made
it possible for Control Room B to absorb some space formerly
occupied by a hallway. two restrooms and a janitor’s closet.
The old rear wall of the control room came out, allowing
about ten more feet of depth. The added space made it
possible to design a real “working” control room which
could accommodate musicians who choose to play behind the
console. Even with two or three people performing in the
room, there is plenty of space for a producer, two engineers
and a built-in couch in the rear of the room for guests. The
slight elevation of this last area gives visitors a panoramic
view of the activity. A low-slung outboard equipment cabinet
that straddles the two elevations serves as a central work-
space to accommodate a keyboard set-up or the like, and
provides a natural barrier to keep the aforementioned
guests from getting under foot'

REACH OUT AND CONSTRUCT SOMETHING

The construction of the new room was handled by Gross-
man'’s in-house crew of carpenters, headed by Paul Cypert.
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Floor plan of Control Room B.
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In times like these And It Looks Like iIt’s Going to Work Another 20

it’s 900d to know Twenty years ago, Garner Industries manufactured their first high-speed
- professional dubbing machine. Twenty years later, that machine is still at work
I he fl rst making hundreds of dubs a day.
In times like these when every dollar counts, it's nice to-know that Garner is still

building duplicators to last, and we've made some improvements along the way.

du |lcator The Garner 3056 and Garner 4056 cost much less, take up less space, use less
power and require far less maintenance than other duplicating machines on the
market today. And the new Garner duplicators offer advantages that our first

Garner SO|d duplicator difjn’t have:

® Fast 60 ips speed
® No wow/flutter added because of a common capstan drive

Is stl | | at e Simplified tape loading
® Long-life modular electronics
k : !o * Solid-state modular electronics
wor BEEBR ® Smooth, quiet Oper?ﬂon

® Three-year mechanical warranty.
ears later When you consider the cost ofa
[ ] duplicator, consider what you'll be
getting for your dollar. If you want
all of the state-of-the-art features
ina product that's practically
indestructible, then
Garner has your
machine.
The only problem is,
if you buy one of our
duplicators, you may
In us rles never need another

duplicator.

4200 N. 48th Street Lincoln, NE 68504
Phone: (402) 464-5911 Telex: 438068

Circle 28 on Reader Service Card

Looking for a Distortion
Measurement System?

The Amber model 3501 is quite simply the highest performance, most featured,
yet lowest cost audio distortion and noise measurement system available.

It offers state-of-the-art performance with THD
measurements to below 0.0008% (- 102dB),
maximum output level to +30dBm and noise
measurements to below —120dBm.

It has features like automatic operation, optional
balanced input/output and powerful IMD
measurement capability. It includes comprehensive
noise weighting with four user changeable filters.
Unique features like manual spectrum analysis and
selectable bandwidth signal-to-noise measurements.

The 3501 is fast, easy to use and its light weight
and small size make it vpry portable. It ca :
battery powered,

Amber Electro Design Inc. ' : . R
4810 Jean Talon West

ammr Montreal Canada H4P 2NS
Telephone (5140 735 4105

Circie 30 on Reader Service Card
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G. L. AUGSPURGER

New Acoustics at Bearsville B

HEN A CLIENT decides to undertake major

reconstruction of a studio or control room,

the consultant’s obligation is to analyze

the constraints involved and decide
whether the anticipated benefits justifyv the cost. In the
case of Bearsville B, the decision was easy. By today's
standards. the existing control room was too small and
its geometry was awkward. Extending the control
room into space behind would immediately provide a
comfortable floor area and a well-proportioned volume
to work in. [ was satisfied that, one way or another, we
could build a state-of-the-art control room in the space
available.

I believe strongly that no design approach is the
right one until others have been explored. In this
instance. four floor plans were drawn up before we all
agreed on the best approach. The final design is
visually bilaterally symmetrical (and almost sym-
metrical acoustically), provides optimum geometry of
console and monitor speakers, has room for a comfort-
able seating area behind the console, and sufficient
space for adequate low frequency absorption.

As noted in an earlier article in db Magazine
(“Contemporary Mixdown Room Design.” Nov.. 1981).
non-symmetrieal low frequency absorption can be a
problem. In Bearsville B. however, the risk was not
as great as it might appear. First, it's better to start
out with too much trap area rather than too little; it
would have been easy to later seal off part of the space
had our guess proved incorrect, Second, the decision
had already been made to augment very low fre-
quencies with centrally located subwoofers, giving
uniform left-right response below 60 Hz or so.

Q& A

Another design feature that may raise questions is
the use of parallel side wall surfaces adjacent to the
console. Not only are the surfaces parallel. but they are
primarily reflective. Haven't we issued an invitation
to the dreaded Standing Wave?

No. not really. The parallel surfaces exist simply to
maximize usable floor space. If | had believed them to
be acoustically unworkable they would not be there.
Fortunately. 1 had sweated through three earlier
acoustical corrections of rectangular control rooms
and had some practical experience to fall back on.
There are three good reasons why the Bearsville side
walls do not introduce acoustical problems: (1) Parallel

surfaces do not generate standing waves (standing
waves are present no matter what the room shape),
but they may set up flutter echo. (2) High frequency
flutter echo is quite easy to avoid by introducing
diffusion on one or both surfaces. Since the left wall is
mostly glass, the right wall is highly diffusive. (3)
First-order reflections from the monitor speakers miss
the mixing area by a substantial margin. The re-
flective side walls provide higher-order reflections
that are interpreted as desirable lateral diffusion of
the late-arriving sound from either speaker.

WALL SURFACES

Probably the most interesting feature of the room.
both visually and acoustically. is the use of vertical
slat diffusers on all surfaces except the speaker wall.
The variegated surface is highly dispersive at fre-
quencies above 2 kHz or so. If the space immediately
behind the slats is filled with fiberglass. then the
surface in question is essentially absorptive below
2 kHz down to some low frequency cutoff determined
by the depth of the cavity. However, if the surface
immediately behind the slats is plywood or drywall.
then good dispersion is achieved down into the mid-
frequency range. Since the slats are built as plant-on
modules roughly two feet wide. the acoustics of the
room can be readily altered over wide limits without
any change in appearance.

The adjustable wall surfaces are complemented by a
three-tier “lily pad” ceiling. The front tier is acous-
tically absorptive and the remaining two tiers con-
tain both absorptive and reflective surfaces. Although
not as easy to change as the wall surfaces. these too
can be re-configured if desired.

In our original design. about 25 percent of the room'’s
surface area was absorptive. Acoustical tuning was
done mostly on the basis of subjective judgment. since
measurements indicated surprisingly smooth re-
sponse from the start. We changed about 20 square feet
of side wall treatment and then conecentrated on sur-
faces and cavities immediately adjacent to the monitor
speakers to zero-in on the best possible performance.

I was more than satisfied with the results. However,
what pleases me may not please every client and
every engineer. The beauty of this design approach
is that it is easy to change the sound of the room without
destroying it. Moreover, versatility has been achieved
using common materials and standard construction
techniques. u
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Since Augspurger's office is located in Los Angeles and
Bearsville is in upstate New York, it was not possible for the
designer to be present during all stages of the work. Augs-
purger sent plans for the room in sequence. and questions
from Cypert and McKim were handled over the phone.
When Mr. Augspurger arrived at Bearsville to see and hear
the new installation. he was pleasantly surprised to find that
it had been built exactly to his specifications. In fact. the
actual construction came towithin % of an inch of the original
drawings.

The overview of the room plan called for structural
symmetry and optimization of speaker geometry. This
provides the engineer with excellent stereo imaging while
including the entire console in the critical listening area.

Bearsville's "Assistant’s panel.” named because of its
location on the assistant’s desk to the right of the console

High-level room rack. featuring Crown, UREI and
Yamaha power amps.

The monitoring environment seems bright, but not ex-
cessively dry or dead. This is due to the intelligent use of
absorptive and reflective materials on the walls. ceiling, and
floor. The slatted walls which line the perimeter of the room
are configured to be reflective or absorptive in accordance
with Augspurger’s acoustical plan. Reflectivity is accom-
plished through the use of perforated Masonite panels;
rigid fiberglass in a cut-out Masonite frame is used for
absorptive areas. All of these Masonite panels are covered
with colored fabric that dictates the color scheme of the
room. The vertical wooden slats form the final layer of this
wall panel “sandwich.” The three rigid “clouds” which form
the control room ceiling are similar to the walls in design.
except that there are no wooden slats. The beauty of the
system is that these treatments can easily be changed by
removing the slatted wallpanels (they are Velero'd into
place) and substituting reflective or absorptive materials
behind them. The room construction is. in a sense, modular.

ELECTRONICS

The electronic systems in the control room, from audio
wiring to speaker muting logic, were designed in-house by
Ken McKim and Raymond Niznik and are extremely flexible
and complete. For example. there is 2 communication link
with the studio that enables the engineer to speak to the
headphones while simulataneously routing a mic located
in the studio to the control room monitors, This mic can be
defeated in favor of a monitor dim situation. The status
selection for this system. as well as all the tape machine
remotes. variable speed oscillators. reverb chamber decay
controls. cue system on/off remotes. and Studer autolocator
are contained in a custom enclosure known as “the assistants
panel.” This compact control center, designed by staff engi-
neer/technician Niznik, neatly consolidates devices which
are normally scattered over several locations in the console
and outboard rack. It derives its name from its home—the
assistant’s desk on the right side of the console.

Another convenient bit of custom installation pertains to
the studio LinnDrum which, when connected via its Bears-
ville DL interface. has all of its outputs routed to a patch
bay adjacent to the mic preamp inputs. This arrangement
eliminates the swarm of cables and direct boxes usually
present during a LinnDrum session.

Out of sight. behind the rear wall of the control room, is the
high-level room that houses the console power supplies.
speaker and cue system switching logic and power amps:
UREI 6500 for the 813-A’s, Yamaha P2200's for the sub-
woofers and auxiliary speakers and Crown DC 300’s for the
cue system. Conspicuous by their absence are room equalizers.
A thorough tuning of the UREI crossover networks and
balancing of the subwoofer system during Augspurger’s
Real Time Analysis revealed a very smooth curve. There
were none of the frequeney response anomalies for which
one-third or one-sixth octave equalizers are installed to
correct, The resulting “straight line” signal flow from the
console to the UREI 6500 amp provides a transient response
that surely would have been blurred by even the best room
equalizers.

THE VERDICT

The final assessment of any control room is how it rates
sonically and how comfortable it is to work in. In both cases
Bearsville’'s Control Room B is an unqualified success.
Projects that have been mixed in B and mastered inavariety
of disc-cutting suites have indicated that the room isaccurate.
The fact that musicians, producers, and engineers areable to
withstand marathon sessions without contracting “studio
burnout syndrome” attests to the room’s attractive interior
design (rendered by designer Bardet Storvk) and correct
acoustic design principles. This combination of a first-
class room with such top of the line equipment as the Neve
console and Studer tape machines suggests the ultimate
extension of an analog recording environment. [ ]
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JIM WELLS

Audio/Musical Design for
Animated Shows

The field of audio/musical design for animated shows 1s
rapidly expanding, bringing with it new challenges
for the audrio engineer adventuresome enough to try his/her

hand at .

Part I: Visual Merchandising and Display

or

Teaching the Hamberger Elves to Sing

HE DESIGN OF AUDIO systems and the production

of musical programs for animated shows and

displays are interesting applications of the same

basic tools and techniques used by engineers, pro-
ducers. and designers in the pursuit of more conventional
audio and music products. However, the demands made by
the various “droids” with which we work often require a
great deal of innovation and special thinking.

The animation audio/musical (A/M) designer must have a
clear concept of all the variables that will contribute to the
final listening experience. He or she must have a keen sense
of how. when. and where toapply the basic principles of audio
design, acoustics and studio techniques. Equally important,
however. is a keen sense of how, when, and where to depart
from standard practice. as each character and show will
present its own unique challenges and special requirements.

By way of example we will examine some of the various
engineering solutions necessary to the A/M designs in two
individual. but as we will see, interrelated market applica-
tions.

The visual merchandising and display (VM&D) market
presents extremely critical size, weight, set-up and budget
limitations that force concept, design, and studio production
innovation. These innovative solutions open the way for a
new generation of audio/musical designs useful for the more
traditional market areas of theme park attractions and
themed entertainment centers.

THE BACKGROUND

When Fantasonics™ Engineering was commissioned to
design an animated musical Christmas display that would
perform continuous shows in a shopping mall center court,
the idea seemed simple and straightforward. As we are
primarily A/M designers, we began a research effort for
both animation and animator. We wanted to find a VM&D
animator whose mechanical figures were “ready-to-sing”
with an on-board speaker and mouthanimation, but we could
not locate even one. As it turns out, characters with on-board
speaker systems are unusual in any market. at any price
(more about this in Part II).

However, after digging through piles of Christmasdisplay
catalogues and contacting every manufacturer we could

Jim Wells, president of Fantasenics Engineering.
is an audio/musical designer specializing in
dimensional animation.

locate, two things became evident: (1) everyone wants to do
ttis—all of the display animation people were fascinated
with the idea, many having pet audio projects “on the draw-
irg board,” and (2) no one as yet has done this—most of the
excuses eventually boiled down to cost. Although we did find
some efforts made with individual “talking” figures and
some canned background music included with display. a
musical program with multiple singing characters was
considered cost prohibitive.

Indeed, most designers capable of creatingan A/M anima-
tion are too expensive for all but the traditional mega-budget
projects. The engineering efforts that have recently made
animated shows financially accessible to restaurant/arcades
are considered breakthroughs, and these shows can range
well above the $100k mark. What the VM&D people don'’t
know is that these costs are involved primarily in the creation
of the animations themselves, their mechanics and control,
and staging and set design.

We felt we could design an affordable show if we utilized
existing animated figures, used the center courtas the stage,
and concentrated our R&D effort on an audio system design
and music production. Certainly the universal interest
demonstrated to us by literally everyone we spoke with
justified a closer look. (Also, one should never use the word
“can’t” when in the business of translating fantasy into
reality.)

THE PREREQUISITES

Upon closer examination, we found many engineering and
design considerations that discouraged prior efforts. The
following are only some of the problems that kept so many
ideas “on the drawing board.”

Budget. Budget is, of course, the major consideration.
Although an A/M program greatly enhances the impact.
effectiveness, and value of a display, our potential clients
are working with fixed annual Christmas budgets on the
average of $20k to $60k. This may seem like a great deal of
money at first. but keep in mind that out of thisamount must
come all media buys and other advertising costs, Santa photo
operation expenses, static and animated display pieces,
hanging garland and lighting systems. set-up and tear down
crews...and there’s more. This most often leaves some-
thing on the order of a negative number left in the budget
for the purchase of an audio system and music program; I
exaggerate only slightly. But as will be seen later, we ad-
dressed these budget restrictions with a combination of
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innovative system design and packaging, and a co-op
marketing approach that spread studio production costs out
over several systems.

Impact Life, Service Life. In all fairness to the manu-
facturers, many Christmas mechanicals enjoy a service
life that spans several years. But in our target market,
impact life of a display figure is purposely limited to a
maximum of three seasons—or approximately three months
actual use. For this reason, most figures are manufactured
and priced to be practically disposable. Any on-board
speaker system and mouth animation components must be
engineered to be both reliable and effective and still remain
inexpensive enough to complement the short impact life of
the figure in which they are installed. In other words. any
increase in figure cost must be held toan absolute minimum,
and yet still sound good.

Logistics/Maintenance. For obvious reasons a shopping
mall cannot afford an audio engineer to assemble and main-
tain a complex audio system. A major design criterion for
any system is that it be quick, simple, and foolproof in its
set-up and operation. Make that foolproof and bulletproof;
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Figure 1. David Hamberger Inc.'s elves, featuring wrappers,
trimmers (and gigglers?).

the average mall's Christmas foot traffic can dismantle a
tank if it is left parked too long in a center courtyard, and
the average mall maintenance crew won’t be able to re-
assemble it.

There is a limit to the amount of additional equipment
that can be included with the display pieces. Too many compo-
nents can create problems in set-up, storage, shipping costs
and even cosmetic concealment. Many mall decor buyers
are skeptical of anything mechanical, evenanimated figures.
The recent proliferation of audio and computer systems
seems to be dispelling most of these fears, but still, for all of
the above reasons and more. simplicity is a key design
consideration.

Sonic Impact/Acoustics. The primary function of any
display is that of traffic builder. In order to generate the
excitement and attendant increase in foot traffic that makes
it cost-effective, the audio system in a point-of-purchase
device must create a memorable listening experience for
each individual shopper in a 360 degree viewing area. This
360 degree listening requisite renders conventional stereo
and quad images awkward and unusable.

The institutional acoustics of most mall courtyards present
several problems. We cannot risk unnecessarily exeiting
the characteristic long reverberation times of these large
enclosed spaces. Qur “minimum of additional components”
must move a precise amount of air around the event in order
to create an intimate performance that will draw traffic in
toward it, and at the same time in no way interfere or com-
pete with any adjacent mall function.

We must, however, optimize dynamic range and acoustic
sound pressures, and pay careful attention to spatial and
aural characteristics in creating a “live” quality to our
droid’s performance. We cannot expect anyone to believe our
characters are truly alive: but with thoughtful design and
production, we can sometimes make it easy to forget for a
moment that they're just droids.

THE SIMPLE FACTS

Did I say simple? We simply have tocreate a design that is
austere, lightweight, compact, virtually maintenance free,
portable, disposable, able to be set up quickly by anyone, an
acoustic event without being too loud. reliable, inexpensive,
enchanting to everyone within earshot without giving any
hint of the technical processes involved...and simple.
(Whew!)

THE SHOW DESIGN

Qur choice of animated figures was made easy when we
found “the elves” offered by David Hamberger Inc. of New
York (see FIGURE 1). These comical characters are en-
gaged in the same holiday pursuits as the Christmas
shoppers (who are the real elves!). They will (hopefully)
encourage the viewer to laugh. and allowing us to laugh at
ourselves painlessly is a primary function of all animated
shows,

A musical concept breadboard was developed with a
structure based on the symmetry of the audio system and
display pieces. All of our elves (like the holiday shoppers)
are “Getting Ready for Christmas,” and this became the
title of the composition. The elves were first divided into
three activity groups: package wrappers, tree trimmers,
and a group of smaller elves designated as gigglers and
chucklers.

To facilitate on-board speaker loading, four figures were
selected from each group and assigned to a discrete channel;
the last channel(s) provide instrumental accompaniment
to the music reproduction speakers. The gigglersare applied
much like percussion instruments, but interact as partof the
vocal arrangement.

A decision was made to keep the performance candid in
that the elves (as all good elves should) will be singing as they
work, not to the audience. but with each other. This posture
helps to create a feeling of intimacy that encourages traffic
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participation and allows us to apply more subtle sound
pressures.

A musical piece and lyric were written from the concept
breadboard. The performance sequence begins with
shimmering bells and windchimes: acapella tree trimmers
are joined by various instruments as the music builds.
Each group sings a verse and chorus about their particular
activity. then both are repeated together for the finale. The
piece subsides amid elfish giggles and laughter into a light
percussion click-track waiting period. The entire cycle
starts again every fifteen minutes without missing a beat.

The arrangement is charted primarily for string and
woodwind quartets, with an emphasis on all types of bells in
the rather elaborate percussion section. The other instru-
ments in the arrangement include harp. wood recorders.
synthesizer, acoustic guitar, and electric guitar with enve-
lope follower. A small portion of the percussion section and
the woodwinds were recorded first. performing to a click-
track for the entire loop. The remaining instruments will

ARCHITECT’'S SPECIFICATION

A short excursion down the signal path will help to illus-
trate the design solutions specified in this project. The
extreme limitations in this market only serve to exaggerate
the same basic design problems inherent in all animation
efforts. The basic audio components also remain the same;
it is in their application that the animation A/M designer
must become a specialist (see FIGURE 2).

TRANSPORT SYSTEM

As of this writing. we are specifving the Compact Disc
(CD) and Laser Disc player in almost all of our system
designs. We chose the Sony CDP-101 as it offers many
optional advantages over current playback-only “continu-
ous use” tape transports and CD players alike. Most impor-
tant to us is Sony's recent encouragement of commercial
applications (FM broadcast. etc.). Development of a truly
flexible professional unit with stacking capability and
external microprocessor access will require Sony’s help.
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Figure 2. Block diagram of the visual merchandising
and display (VM & D) design. A) deck/amp unit;

B) CD players; C) PS ampiifiers; D) cable harness;

E) music reproduction speakers; F) on-board character

system.

be recorded in real time with multi-tracking reserved
primarily for voice work.

The “on-board speaker” system makes each figure its
own character system and point source. A physical arrange-
ment similar to that of a symphony orchestra or pipe organ
is devised to make best use of sonic and visual movement
within and around the 360 degree display.

The only component pieces necessary in addition to the
on-board animated figure speaker systemsare five Christmas
gift boxes. These are a deck/amp unit and four music re-
production speakers. A single cable harness lies between
the deck/amp unit and the various speaker systems. With
the basic music program and audio design in place. work
is begun on the architect’s specifications and studio produc-
tion schedule.

In the block diagram of our VM&D design (FIGURE 2),
disc players (with minor modification) and tape plavers are
interchangeable; in the acoustics of a mall courtyard. the
difference is sonic predictability. Many of the “engineers”
at Fantasonics are also “golden ears,” and most of our multi-
track work is still done in analog form. Digital mastering
and the CD and player simply help to insure mix-down
quality production “in the field.”

AMPLIFICATION

For purely sonic reasons, we use the PS Audio Model II
power amplifier exclusively in all our designs. The 2 x 2
power block configuration is an ideal package offering
either two 70 watt (mono) or four 30 watt (stereo) channels
in one T%-in. rack space. These small amplifiers exhibit
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exceptional transient response and image fidelity due in
parttoa unique dual power supply design. Separate supplies
prevent large demands in the output section from modulat-
ing a shortage of power to the front end. Exact reproduc-
tion of the information programmed onto each track is
essential in conveving a live or lifelike quality, and these
ampsare transparent and natural sounding when confronted
with digital dvnamics.

CABLE HARNESS

The disc player outputs are each connected to cne or more
channels of amplification inside the deck/amp unit. The
output of each amp is hardwired to a pair of pins on a single
ITT Kk series multi-pin connector mounted near the base of
the deck/amp unit. A mating connector is provided at one
end of a 25 foot. 14 (GA multi-pair spiral-rapped harness.
Breakouts with phased connectors appear along the length
of this harness, each marked for the various character and
music repreduction speaker systems in physical sequence
(see FIGURE 3). Once the display pieces are in position.
complete system hook-up is accomplished in less than five
minutes.

L1 GIEND
A= ek Amp unit
13 = Music reprodicion spreaker sy sfem (6 picai s
“On-bosrd ™ character sy stem iy pical)

1y = Cable hariess run around base of tree tharee Circley

Figure 3. Overhead pian view: A) deck/amp unit; B) music
reproduction speaker system; C) on-board character
system; D} cable harness (runs around base of tree).

SPEAKER SYSTEMS

There are two types of speaker systems—an on-board
character system and a music reproduction system. The
latter systems are JBL 43018 broadcast monitors wrapped
in colorful burlap and other acoustically transparent mate-
rials. These Christmas gift systems are placed either
vertically or horizontally around the base of the display.

It is in the design of the character svstems that we found
the solutions to many problems. By incorporating speaker
devices physically “on-board” the figures (as shown in

\ ____.-""';
LI GND, i

A= Moulded ead with Bages mask

B=Yarn bur

O = Lelt sock vap

1= Latex-silicon adhesive seal

I+ = Polyplanar RIP-G

I = Theh trequency arrvay is suspended or “loating™ in 6"
G = Acoustic batang nller materl

Figure 4. On-board speaker placement.

FIGURE 4). we are able to eliminate any additional equip-
ment beyvond the five gift boxes and cable harness. Set-up
of the twelve character speaker systems is accomplished
by simply setting the animated figures in place.

Creating an on-hoard design creates its own problems.
The components must be cosmetically concealed and the sock
cap is the most likely location. However. mouth animation
components must also ride in the head and there is a limit
to the extra weight we can add and still expect the small
electric animation motor to operate smoothly. Mouth anima-
tion is basically a circuit that samples the envelope of the
signal going to the speaker and in turn triggers animation
components. By including animation control on-board each
character we eliminate the need for any computer control
whatsoever, But this circuitry does contribute to the overall
weight of the head.

We chose the polvplanar 5!4-in. speaker because of its
compact size and weight (3%- *x 1-in. at 170 grams). This
speaker. when sealed to a hole in the top of the head cavity,
works well in the voice range. but it radiates upward
rather than forward. A special high frequency array employ-
ing four Motorola piezo ceramic devices was developed to
focus directional characteristics forward. enhance point
source enunciation. and reinforce sibilance and diction
regions enough to project through a felt sock cap. This
vertical line array creates the desired presence while
contributing almost no additional weight (9.5 grams each).

Piezo ceramies {or PZT speakers) provide a two way
system without the additional component cost. component
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weight. phase shift. signal loss and distortion of a passive
crossover. These devices are capacitive by nature and roll
in at slightly under 3 kHz. even when connected directly
to a full range speaker system.!

The cost for the entire speaker system is under fifteen
dollars. and total weight increase including the speaker
system and the mouth animation components is only 265
grams! This low-cost. and practically weightless character
system design allowed us to meet or exceed almost all criteria.

But wait, there is still the matter of sonies/acoustics.
Our display must make a nice noise before we’re done with it;
that Is the reason we are addressing all of these design
problems in the first place. (Doctor, after the operation will
[ be able to sing?)

THE STUDIO PROCESS

The animation A/M designer’s product is a Listening
Experience. It is not just a studio recording or reproduc-
tion svstem. but the blending of these and other elements
into the creation of a precise psychoacoustic perception
in each listener. If an animated figure fell over in the woods
and nobody was around to hear it, would it make any noise?
I wouldn’t debate the point, but nowhere is the answer
more apparent than in the studio process.

A sonic model (see FIGURE §) was developed and invited
into the studio to undergo testing. When we heard the first
voice signals reproduced by our prototype droid. we were
somewhat less than enchanted. Response analysis revealed
that the entire figure. especially the head eavity and latex
moulding material, created severe aberrations in the overall
response. Even with the voice pitch shifted slightly upward
to create an elfish quality. the results were hollow and
distorted. Unlike conventional designs, our “enclosure,”
the hollow moulded latex figure itself, adds a great deal of
coloration. (Indeed, it is a latex Helmholtz Resonator!)

We want to create the illusion of a voice originated by
the character, in a way that sounds natural. An elaborate
patch hardly seems like the logical approach to natural
sounding reproduction. yet through a complex chain of
outboard signal processing we were able to optimize the
signal to the speaker system and achieve natural sounding
clean peaks in excess of 115 dB. The exact nature of this
processing is considered a trade secret, but in essence we
are compensating.

Much like the sculptor who starts with a 500 Ib. block of
granite. then chips away anything that doesn't look like a
statue, we start with a recording and speaker system, then
chipaway atanything that doesn’t sound like anelf. We want
to precisely excite only desired aspects of the speaker/figure
ensemble, and simultaneously reduce any characteristic of
the recording process. We must use all means to minimize
audible cues to the reproduction and recording processes if
we are to create the illusion of a spontaneous acoustic event.

In reality. our speaker system or speaker machine is
creating a spontaneous acoustic event. The voice reproduced
by our elf bares little resemblance to the original perfor-
mance as we heard it in the studio. Pitch shifting and the
signal-speaker-figure interaction vield a voice that is al-
together different. a voice that did not exist until our droid
produced it! It is an incredible advantage in the studio
process to know inadvance the exact speaker system that will
reproduce your product in the field.

A great deal of the technique applied to the voice recording
was first accomplished in the testing and pre-production
phases. [t was during giggle pre-production work that we
first experimented with pitch shifting to achieve an elfish or
helium quality to the voices. On some occasions we actually
did use helium (a small bottle of the compressed gas was
brought into the studio especially for this purpose).

We employ two forms of pitch shifting in the giggle and
vocal production. Tape speed pitch shifting is accomplished
by slowing the tape speed several percentduring recordings.
This drops all tracks simultaneously: the vocalists simply

perform in the new key. When the tape is returned to normal
speed, the voices shift back up in sync and in key.

The second type of pitch modification employved is elec-
tronic piteh shifting. Slightly more involved, it creates a
similar effect with a somewhat different character to it. In
this technique the entire musical piece is performed on
keyboard an appropriate interval lower. and recorded in
sync on a vacant track. The voices to be digitally shifted
are then recorded while listening only to the new track.
These voices are bounced onto their final track assignments
via an Eventide Harmonizer set to return them to the original
key.

Two complete display figures with processing chains were
kept in the studio for playback during these voice sessions;
however, with the exception of pitch shifting. all signal
processing remains outboard and is not actually recorded
(or encoded) until the mix-down sessions.

THE “L.ILV.E.” STUDIO MIX-DOWN

[t was rapidly becoming evident that the special processing
necessary to optimize each character system and the com-
pletely unique sonic image created by twelve individually
animated point sources would require attendance of the
entire display in the studio as a reference system during the
mix-down phase. This is a variation of the L.I.V.E. (Listening
Interpretation Via Event Environment) mix-down technique
developed by Fantasonics™ Engineering for use in the more
traditional animated shows {more about this in Part II).

The elves are referred to and even treated as performers,
and will be kept in constant animation during the mixing
sessions. An engineering approach similar to that used in
concert reinforcement always proves to be quite helpful
in giving a live performance quality to the presentation.
All balancing. equalization. and other signal processing is
applied as a result of direct interpretation of the animated
display.

The most impressive characteristic of our on-board (or
physically animated audio system) design by far, is the
phenomenon created by separate moving point sources. If
you can imagine twelve Leslie organ speakers all turning at
slow speed. you can begin to get an idea of the effect produced.
The physical animation of audio is almost hypnotic. and the
choral enhancement created by multiple individual doppler
shifts simultaneously must be experienced to be fully
appreciated. This unique and fluid image has been nick-
named “The Calliope Effect.” and walking around or past it
is reminiscent of a ride on an old-fashioned merry-go-round.

There are literally hundreds of separate aspects and many
months of work involved in a research and design project of
this nature, much more than we have space for here. But by
now it must have become evident that there is a great deal of
ground-breaking involved in animation audio/musical
design. Admittedly. this project kept us digging more than
usual. but the resultant innovations unearthed are well
worth any back pains. In Part II we will see how the physical
animation of audio created by the on-board character system
(patent pending) and the “Caliope effect” together with the
live mix-down apply to a project in the more traditional
market: the Bullwinkle Restaurant Show.

I hope one other thing has also become evident: dimensional
animated audio/musical design is an exciting and challeng-
ing field with room for many new engineering, design, and
recording opportunities, Anyone who feels the least bit
creative and enjoys an occasional Chinese puzzle should look
into this medium and all its potential. With animated shows
appearing in more malls. arcades. pizza parlors. and theme
parks every day. it is clear that this interesting field is
limited only by imagination itself’ a

FOOTNOTES:

1. For more information on PZT speakers. contact: Roger
Melewski or Sheryl Iverson. Motorola Ceramic Products Division,
4800 Richfield Road. NE. Albuquerque, NM 87113 (505) 822-8801.

www americanradiohistorv com


www.americanradiohistory.com

JESSE KLAPHOLZ

Seeing What You Hear

With the help of FF'T analysis, we are finally narrowing
the information gap, and can thus begin to explore
what 18 actually happening wn real situations.

OR YEARS I HAVE been hearing from so many

different people in the music and sound business:

"Yes, the RTA says it’s flat. but that's not what it

sounds like" or "Let's pink noise the system first.
and then we'll listen to the last Brecker Brothers Band LP
and fix it up with EQ.” The crux of the problem has been
an “information gap”; we simply have not been able to "see”
what it is we are hearing and dealing with. The goal of this
article is to take a look at how engineers and sound operators
have dealt with systems in the past, the problems
encountered. and what this author did about the information
gap.

The problem begins with the fact that this is not only a
highly scientific field but an artistic one as well. There has to
be a constant balance between science and aesthetics for any
project to achieve its goal. Too often after | have given a long
dissertation on how "you can’t cheat the laws of physics,” my
listeners have responded, “OK, but what about the real
world?”.

Prior to Altec’s Don Davis and Arthur C. Davis developing
the 1/3 octave equalizer in 1967 and Hewlett Packard’s
introduction of the first 1/3 octave real time analyzer in 1968,
equalization was an incredibly tedious task which could and
often did go on for days! With nostandard to go by, there were
many different types of chart level recorder systems being
used for measurement and analysis. With the advent of 1/3
octave equalizers and RTAs, a system could be equalized
within a relatively short time frame.

Merrily we EQ'd with our pink noise, RTAs, and 1/3octave
equalizers, but when the curtain opened wesaid toourselves,
“Oh my God that sounds horrible.” Even with the house
curves and all sorts of mic tricks, it was to no avail; it still
sounded different with music. So what did we do after we
ironed out all the ground problems, polarities, electrical
gain, alignment, proper coverage. level, s/n ratio. etc.? We
listened to the system. Could it be that we could hear better
than the RTAs we just shelled out all those bucks far?

After using 1/3 octave analysis and the UREI X-Y plotter
system, | was still not satisfied with what [ was seeing and
hearing. Qut of the blueoneday an ad appeared in the back of
the AES journal for an inexpensive FFT analyzer for the
Apple 1I computer. About fifteen minutes elapsed befor I
ordered the owner’s manual. After three hours of reading the
manual and $28.74 of Ma Bell's “Reach Out and Touch
Someone,” the 1QS 101-L. FFT Analyzer for the Apple II
computer wason its way. Then I realized, I better runoutand
buy an Apple before my 1QS arrives!

It took some time before [ was really able to get around on
the computer keyboard and manipulate this incredibly
powerful machine. It was like the time a friend of mine let me
drive his $38K Mercedes: awesome! For the first time, when
someone subjectively described a physical phenomenon to
me, [ was able to actually see what that person was
physiologically hearing!

Jesse Klapholz runs an audio consulting firm
specializing in acoustical analysis and design In the
Philadelphia area.

THE FFT ANALYSIS SYSTEM

The 1QS 401-1 FFT Analyzer is a hardware and
comprehensive software package designed for the Apple II
personal computer.(The basics of FFT analysis were covered
by Robert Berkovitz in the August and September 1982
issues of db).

The basic system architecture (1) is outlined in FIGURE 1.
The preamp (FIGURE 1B) is gain-controlled by a DAC used
as a digitally programmed attenuator, via software
operation. In the feedforward compensation mode, the
preamp has an extended gain bandwidth factor of 0.2 db
from 5 Hz to 40 kHz.

The next stage consists of the anti-alias low pass filter,
which is programmable in order to accommodate multiple
sampling rates, and hasa 100 dB/octave rolloff. The output of
the filter routes to the sample and hold amplifier, where
digital data is strobed out onto the data bus via a DAC.

The test signal generator circuit consistsofa DACthatcan
receive instructions directly from software. This allows
simple software driver routines te create a wide variety of
waveforms for many applications. For example. it can be
used to provide impulses that are software controllable in
amplitude and width for impulse testing. Another
application is to “play back” waveforms at any speed from
memory which may have been previously sampled, brought
off disc, or synthesized by inverse FFT. Such waveforms
could consist of gated sine tone bursts, pre-recorded sounds,
sections of speech, ete.

Referring to the system block diagram in FIGURE 1, the
digital portion is represented by the lower 2/3 of the
diagram. It provides interface, memory, timing, and logic
control functions. The SYSTEM CONTROL LOGIC block
determines how each module interacts with one another and
links the overall system to the Apple II bus structure. In
order to maximize efficiency, many of the most often used
machine code subroutines (including the FFT program)are
placed in read only memory (ROM). Three ROM sockets
(ROM BANK 1-3) are incorporated in the hardware, each
providing 4 kilobytes of program storage. A single 4-kilobyte
ROM is installed in the present version, thus allowing 8
kilobytes of expansion for additional signal processing
functions.

THE SOFTWARE

Written in BASIC, the control program can be easily
modified (or a new version written from scratch) to
accomplish specialized tasks. For instance, establishing
whether or not a given transducer conforms to an accepted
standard curve might require a sequence of steps from the
original control program. Maximizing the use of software
plays a major role in the control of system costs; this is one
feature that makes the IQS an economical package.

There are two basic modes of the control program, the
ACQUISITION MODE and the ANALYSIS MODE. All of the
commands are invoked by a single keystroke, such as A =
AMPLIFICATION, V= VOLUME, P = PLOT, etc. Pressing a single
key such as “S” would bring up the “sampling rate menu”
onto the screen. There are eight different choices of sampling
rates available; these are shown in FIGURE 2. When the
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Figure 1. Block diagram of 1QS Series 401 hardware (A)

and Signal Acquisition Processor (B).

sampling rate is selected. the ANTI-ALIAS filter and test pulse
signal width are set. All of the major commandsareshown in
FIGURE 3. Once a command has been invoked, it is either
processed or prompts (asks) in plain English for the desired
setting to be selected.

DATA ACQUISITION

Upon “booting” (loading the control program into the
computer), some of the variables are in a “default” setting:

SELECT SAMPLING RATES AND
CORRESPONDING HF CUTOFF

() 60.0 kHz 30.0 kHz
(2) 46.5 kHz 23.24 kHz*
(3) 23.2 kHz 11.6 kHz
(4) 9.3 kHz 1.65 kHz
(3) 1.65 kHz 2.32 kH=
(6) 2.32 kHz 1.16 kHz
(7) 1.0 kHz (0.5 kHz
(8) 0.2 kHz 0.1 kHz

*Default

i.e.. they will be set to predetermined values unless you elect
to change them. These are the A, C, 8, and V commands.
Pressing the space bar will initiate a test pulse and then take

Figure 2. The "sampling rate menu” provides eight options
from which to choose.

ACQUISITION MUUE

CONTROL OPERATION

SPACE = SAMPLE data (4098 poinis)

= ERASE screen

= BLANKING of waveforn (toggles)

= AMPLIFICATION

= CHANGE # of avernges - in powers of 2
= DELAY before sampling { 1 = 0.8 msec)
= PLOT screen to printer w/Grappler

= SAMPLE RATE

= VOLUME of test signal

= INTTIATE ~collect & avarage data (2048 polnta)

- < v Oo G > b

ANALYSIS MODE
CONTROL OPERATION

RETURN = READY/DISPLAY PIRST 136 points of time data

1 =120 point FFT

2 = 258 point PFT

3 = 512 point PTT

% = 1024 point PFT

SPACE = RETURN to ACQUISITION MODE

)] = DIFFERENCE - current lem stored spectrum

B = PHASE and then GROUP DELAY

1 = CONVOLVR - current with stored spectrum

Q = SPECTRUM DECAY PLOT from current wavelorm

DATA HAHIPULATION

= SHIPT data left

= OUT DC - removes DC from time data
= RESAMPLE

= SKTP 258 pointa ln time data

= TRUNCATE time data

= NEWSTART - select new start in data
= WINDOW - coa wgt to [irst 158 pointa
= DIGITAL FILTER - moving avg, smooth
= EXCHANGE spectrum in temp. storage
= DIGITAL PILTER - moving avg. smooth
= SMOOTH spectrum

FRL B BN RN BN

DISPLAY MANIPULATION

L = LOG display

P = PLOT screen to printer w/Grappler
RIGHT => = VIEW right half of 1024 point PFT
LEFT ¢= = VIEW left half of 1024 point FFT

Figure 3. System commands provided by the 1QS 401-1

FFT Analyzer.
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in one sampling of 4,096 points. While you are sampling data,
the levels and time positioning of the analog input are
displayed as a waveform on the monitor, just like an
oscilloscope. If loudspeaker measurements are being taken,
and there is a transit time of the test signal from the loud-
speaker to the test mic. D" may be pressed and the computer
will prompt you with “DELAY IN MILLISECONDS?”. The
“return key” ean be used at this time to display the first 256
points of time data on the monitor. However, if the
environment is found to have insufficient signal-to-noise
ratio. the “I” command can be used to eliminate the ambient
noise by summing and averaging in order to increase the
signal to noise ratio in excess of 20 dB. The technique of
summing and averaging is well known (2). At this point. you
may save the waveform to disk, or proceed with data
processing.

DATA ANALYSIS

With a waveform in memory or one retrieved from disk
files. FFTs can now be run. There are four different lengths
of FFTs consisting of 128, 256. 512 or 1,024 points. The time
length will be dependent upon the selected sampling rateand
how many points in the FFT. Once an FFT has been
computed and the power spectrum displayed. the phase
response and group delay may also be computed and
displayed. This is how simple it is; less than half a dozen
kevstrokes will give vou all this information!

DATA MANIPULATION

If you want to use some signal conditioning, rather than
using only the “raw” input data. DC offset can be removed
from the signal. It can also be digitally filtered, resampled to
improve the low-frequency resolution, the spectrurn may be
smoothed out. the signal may be windowed (weighted).etc. A
very useful feature of microprocessed FF T is thatany part of
the captured waveform can be analyzed: the initial impulse
(or early/direct sound). any subsequent reflection, or any
combination of these!

f[j? [ o]

| | Pk

- IRy
L— J—L-JF—D—EU
sl s

Amphiwer

Figure 4. Instrumentation hookup.

4] milliseconds 11.861

Figure 5. Time vs. amplitude information of woofer,
where the vertical line represents voits in 1-voit
ncrements.

Difference plots of stored data versus current data may be
performed. This becomes an invaluable tool for before and
after pictures, various comparisons between stored-on-disk
information and device(s) under test data, ete. All FFT
analysis, since it is a mathematical process, is performed in
linear frequency scales. The addition of a movable cursor
allows for an exact readout of both frequency and level. The
advantage of using linear scales is that you can see the
bandwidths of notches or peaks. And, if you'd like to see the
display in log. simply press “L™

At any point during a measurement session, any waveform
or graphics display can be stored to disk for future use.
Similarly, any waveform or display can be sent to a graphies
printer or plotter. All of these commands are simple single
keystrokes with prompts of NOor YES, the program prompts
you with “TITLE?".

TEST SIGNALS

Any analog signal may be analyzed regardless of its
waveshape (sine, cosine, square, etc.). It may be voice, low
frequency vibration, the brain's alpha waves, musical
instruments—any source! For loudspeaker testing there are
several different types of test signals available, the most
common being swept sine waves and pink noise. For the most
part. swept sinewaves and pink noise will only tell partof the
story: that is. they will show the steady-state condition of a
system’s transfer function.

Fortunately, music and natural sounds have more than
just steady-state conditions. Primarily they are attack,
steady-state, and decay. and they are characterized by pitch,
duration, articulation, loudness, timbre, etc. Here is it
interesting to point out the work of Risset and Wessel (3, 4).
They found that if the attack portion of a sound is removed. it
may become impossible for the ear to discern its origin!

Historically. transient test signals have been used for

) A

STL Offers The Most

Complete §election
Of Test Tapes

Available Anywhere

STL can serve all your needs with precision
test tapes for frequency alignment, level set,
azimuth set, flutter & speed tests, sweep
frequency tests and pink noise analysis. Also
available is the Standard Tape Manual & the
Magnetic Tape Reproducer Calibrator.

Phone for fast delivery or free catalog

STANDARD TAPE LABORATORY, INC.

26120 EDEN LANDING ROAD #5 HAYWARD CALIFORNIA 94545 ¢ {415) 786-354%

\ _/

Circie 31 on Reader Service Card
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acoustic, transducer, and electrical analysis. Figwer (5),
Cann and Lyon (6), Lincoln (7), Berman and Fincham (2),
Peus (8), Hall (9), Fierstein (10), Lubin and Pearson (11), and
Schaumberger (12, 13) are a few good examples of impulse
testing applications.

If one would like to perform filtered and/or delayed swept
sine wave measurements, one can use the external trigger
function. Since the IQS FFT has an onboard test impulse
signal regeneration circuit, the need for external test gear is

| S N S SN ST SR [V ST R,
a milliseconds 11.81

Figure 6. Repositioning of the data in Figure 5 by using
the delay command.

eliminated. Referring to FIGURE 4, the simplicity of
instrumentation hookup is clearly seen, However, and most
importantly, the impulse response of the transfer function of
a loudspeaker will immediately show its sound reproduction
characteristics, i.e., transient, decay. resonances, ringing,
even comb filtering! Since all musical sounds {(even bowed
hole notes of stringed instruments)have attack and transient
portions of their signals, the impulse method will clearly
display an excellent correlation to the real world!

| consume’

ormaton
Ti m‘cu »oq

e Order the free
Consumer Information Catalog to be on top
of the latest government information on
credit, health, home, money matters, and
much more. it lists more than 200 bocklets,
many free. So send for the Catalog now.
You'll be head and shoulders above the
crowd. Write:

Consumer Information Center
Dept. MR, Pueblo, Colorado 81009

U S General Services Administration

Figure 7. Simultaneous display of 512-point FFT analysis
of two loudspeakers.

+18
+12
+&
i
(5}
]
-6
Illll—---Illll_---IlllIJ
8454 1KHZ 18KHZ

LI

TP= meec
N points
T msec
Start msec

Figure 8. FFT analysis of the system with an 800 Hz
crossover and a tilt EQ of 6 dB at the top end.

REAL WORLD APPLICATIONS

Before commencement of any measurement, the device(s)
being tested must be clearly understood in terms of how they
interact with their environment. Now that we have a basic
understanding of the FFT analyzer, let’s run through some
practical applications. We'll measure a 15-in. wooferanda 1-
in. throat-compression driver (on a 90 x 40 horn).

FIGURE 5 shows the first 11 msec. of time versus energy
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information of the woofer. as seen by the mic (including
transit time). FIGURE 6 shows the repositioning of the same
data by using the “D” or delav command. This data was
gathered by summing and averaging 8 samples. This was
more than adequate to overcome the ambient noise in my
office. (Unfortunately. that's about 65 dB.) Once the data has
been gathered. it mayv be stored to disk for later use.

Now we shall compute a 512-point FFT of both
loudspeakers and display them simultaneously (as shown in
FIGURE 7). FIGURE 8 is an FFT of the system with an 800 Hz
crossover, and a “tilt” eq of +6 d B at the topend. At this point,
phase response and group delay may be computed and

1BKH2Z

B 1KHZ kHz

Figure 9. Computed phase response.

18KHZ

a8 1KHZ
TP= msec
N= points
T= msas
Start= msec

Figure 10. Computed group delay.

[

Figure 11. Example of phase shift, where 1 kHz sine waves
are 90 degrees or .25 milliseconds apart.

Degrees

displayed. as in FIGURES 9 and 10. Phase shift between the
input and output of a device is related to the time of
transmission. expressed as phase shift = time delay x 27 the
frequency. Phase shift at a particular frequency may be
directly expressed in time. Thus, as shown in FIGURE 11, a
90 degree phase shift of a 1000 Hz sine wave correspondstoa
quarter of a cycle, or 0.00025 seconds.

Looking at the above equation, itcan beseen that the phase
shift corresponding to a given time delay increases with
frequency. In order to avoid distortion, the time delay must
be the same for all frequencies, or the curve of the phase shift
plotted as a function of frequency on a linear scale mustbe a
straight line increasing with frequency. Flat group delay or
perfect time alignment are other ways of stating these
functions.

SUMMARY

As we have seen, it is possible to narrow the information
gap. The 1QS FFT analyzer enables us to explore what is
actually happening in real situations. Once the basic
techniques of FFT analysis are mastered, the applications
are endless. In this article, we have touched upon only a few.

A teacher of mine once told me, “I can tell you more abouta
sound system with a ruler than you can with all those fancy
gadgets.” In other words., we have to understand not only
sound systems, but also the acoustic environments we are
measuring. With tools like the FFT analyzer, and a good
understanding of the techniques involved, we can indeed join
the “scientific” and “subjective” worlds. But before we cando
that, we must become familiar enough with our tools, so that
they are not just fancy gadgets, but rather, practical
rulers.

Editor's note: Next month, author Klapholz returns to these
pages to put FFT theory into practice.
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THE STATE OF THE ART

Recording Studio

— George Alexandrovich*

This state-of-the-art picture of the recording studio is the preamble to a series under preparation.
In this installment the author ranges wide to cover much of what is likely to be encountered

in the studio. Future installments will

he past decade has scen advances in the ficld of

electronics no one has expected. New discoverics

in the ficld of semi-conductors have led to new
technologics and changed most of the design concepts
overnight. Gradually new technologics are making their
way into the audio ficld. awakening audio engineers and
specialists  to the advantages of the new concepts owver
the older kind, a kind inferior in performance reliability
and consvenience.

The advent of semiconductors into audio closely coin-
cided with the developmient of the sterco disc. This led to
further developmients of multi-track tape recording. Such
tape machines in turn led to the redesign and rework of
the mixing consoles and control rooms. As a result, the
problems of the recording engineer and maintenance man
suddenly increased two fold. Sesveral channels of audio
now had to be recorded simultancously and monitored at
the same time, cach channel individually as well as the total
mono mix, to be sure of proper phasc relationships. In-
stead of caring for one channel only, maintenance had to
be pulled on several, kecping proper balance, frequency
response, phase and separation.

Disc cutting rooms had 1o be fitted with new equipment
capable of sterco. Recording and cutting personnel had to
be trained to use sterco equipment as well as to maintain
it. Enornmous new problems arose when semiconductor
circuits were applicd to the design of audio equipment,
because of the inability of a majority of maintenance men
to grasp immediately the basic operating principles of
these new circuits. For quite some time a negative attitude
existed among audio engineers and management toward
the transistorized cquipment. True, the first transistorized
circuits were not designed with the same degree of sophis-
tication as they are now, at times leaving more to be de-
sired from their performance. At this time, the advantages
of transistors over tubes have stll not been recognized
by many professionals. Many not yet set to accept semi-
conductors arc those that were probing for faults in the
equipment available at an earlier time and, as a result,
continue criticizing it. Some of these criticisms are utterly
ridiculous; for example, the claim that transistorized equip-
ment does not produce “‘air around the sound.™

I can prove that this is not so and that transistorized
equipment can outperform tubes in distortion, frequency
response. noise, in stable operation and reliability. As far
as the air around the sound is concerned [ need only say

tend to concentrate on specific areas of interest.

that transistorized circuits with their extended performance
range reproduce information more faithfully than tubes with-
out creating any side cffects. True, they rescal more faults
in the recording than do tubes, leaving the impression that
tube circuits are cleaner sounding because of poorer tran-
sient response and restricted frequency range.

These innovations and changes in operating as well as
in maintenance procedures have met strong opposition for
another reason. Up to this time, recording was more often
an art, with skill in it acquired more through cxperimenta-
tion and cut and try mcthods than through a proper scicn-
tific approach and knowledge of what conditions have to
be met in order to achicve good recording. Today, new
technologies require more science prerequisites  for the
audio man; he must have more theoretical knowledge and
skill.

Advances and improvements have been made in every
branch of audio recording. The most significant are in the
design of the equipnient. This inevitably has affected oper-
ating procedures and techniques. With new cquipment and
new technology maintenance gets the lion's share of the
changes in procedures and requirements. It is my intention
to use these three topics for future discussions, developing
cach onc into an individual review of the tasks and prob-
lems facing the audio recording engineer today.

And those problems are numerous. As systems become
more complex. operating procedures have to be more
precisely controlled, maintenance of unfamiliar equipment
and circuits becomes more painful. It is my goal to guide
you men in the studio. behind the mixing consoles, and in
front of the editing machines or disc-cutting lathes. to the
correct approach used in solving the myriads of individual
problems. | would like to shed light on the facts about the
new cquipment and operating methods showing how much
their flexibility offers chances for a successful session. |
want to cover the methods of preparation of the studio and
control room for a session; how to conduct the session;
proper storage of recorded information; mixing and editing;
preparation of the master tape and master disc. Some topics
will be discussed in greater detail than others: 1 hope to be
able to share with the reader a few *"trade secrets.”” These

*Vice-President, Engincering
Fairchild Recording and Equipment Carp.
Long Island Ciiy, N Y.
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secrets are nothing more than short cuts to the solution
of problems or ways in saving money that may turn
out to be important to smaller studios with limited bud-
gets. 1 will direct my efforts to be as down to earth in
these discussions as possible so that every recording man
can understand all that is being talked about. And there
is a lot to talk about.

Today you can hardly find a studio not already in pos-
session of a multi-track recording system (or at least con-
templating acquiring one). A few studios are still operat-
ing on two tracks, more are set for four tracks and some
for eight tracks. Since eight-track machines are possible
because of miniaturization with transistorized equipment
quite a number of professionals are now thinking of eight
and even fifteen or sixteen tracks on one- or even half-
inch tape.

The advantages of an entry into multi-track narrow
tape recording should be obvious to every engineer as
well as his management. The ability to record virtually
every microphone on a separate track offers an easy re-
mixing job with better chances for correction if during
the take balance between the microphones was other than
acceptable. Equalization, reverberation, and other effects
can be added at will 1o an individual instrument or groups.

With the help of selective recording, better known as
selsync, recording on the multi-track machines can be
economical. One or more tracks can be recorded inde-
pendently of each other. When the remaining tracks are
to be recorded, the previously recorded ones are played
back through the record head and fed into a separale
circuit. This output is fed into the headphones placed on
the heads of performers so that perfect synchronism is
achieved between all tracks. in this way a few performers
proficient on several different instruments can be used,
eliminating the need for large group, yet achieving the
same results. If the take is unsuccessful one track or any
number of selected tracks can be erased and re-recorded
again without affecting other tracks.

Almost all of the newer consoles incorporate separate
equalization on each microphone channel, withseparate echo
or reverb feed, sometimes compression, as well as many
other features. But it is important to know how and when
to use these features. For instance, compression during the
original take should be used only as an overload pro-
tection rather than for altering the dynamics. It means
that the threshold of compression should be set above
normal operating levels in the console. Equalization should
also be used with discretion. In the original recording it
should be used only to improve crosstalk by restricting
the frequency range or as a means to better noise figures.

With multi-track recording there is a strong trend 10
record and store audio information with the least amount
of deviation from the original sound. This way original
performance is always at hand and special effects can easily
be added during the remixing session.

The storage medium for original recording or tape has
also seen numerous improvements. Electrical as well as
physical properties have been affected. Tapes are manu-
factured today from better materials (Mylar) and coated
with oxides capable of carrying higher magnetization forces
and producing lower electrical noise when fully demag-
netized. They also offer less friction with the recording
heads. Aill of this produces a wider dynamic recording
range.

Work is being done on high frequency bias to lower the

hiss level normally generated by the bias currents. Networks,
producing predistortion into the recording, compensate
and cancel 3rd harmonic distortion caused by the tape
itself when it is being recorded with levels approaching
saturation of the oxide. Naturally this predistortion would
vary with the type of tape used and should be adjusted
for each individual brand. This technique can improve the
dynamic range of the recorder up to 6 dB with attendant
low distortion.

To ease the tasks of phase control, equipment has been
developed to insure proper mike placement in the studio.
Phase detection monitors are used in some installations to
avoid phase cancellations at low frequencies.

All these improvements allow the recording engineer
to work with wider margins of safety for better record-
ings.

A great deal has been accomplished in the past dec-
ade in the field of tape recording. Nevertheless, disc
recording and disc pressing are still with us and are sure
to remain for a long time to come. With the advent of
the stereo disc, a multitude of new problems arose. Pre-
cision control of groove geometry and position as well
as stylus alignment for best channel separation and mini-
mum distortion calls for an increased ingenuity by the cut-
ting engineer or technician. Earlier I talked about the con-
version of an art into a science in general, but this part
of sound recording belongs in a separate category, since
there is still much ‘‘know-how'' and ingenuity as well as
experience required of a cutting man. Every step in setting
up for cutting stereo is a critical one. In order to achieve
optimum results in both the sound and the appearance of
a record one must be thoroughly familiar with all facets
of this skill. This part of recording contains the most trade
secrets and shall be treated as such in a future separate
section on disc recording. Many recording engineers can
benefit from the information that has been assembled from
many cutting rooms and as many ingenious operators
and technicians.

I have reviewed hastily the basic problems of sound
recording and some of many improvements that have been
made in this field in the past few years. But no equip-
ment is immune to mishandling or misuse. One of the
biggest handicaps of studio setups today is the lack of
maintenance and quality control. This might be through
incompetent personnel or simply because of an absence of
trained technicians.

It is quite common to find multimillion dollar instal-
lations without a good ‘scope or signal generator; never
mind looking for a distortion analyzer. Commonly, there is
an absence of any maintenance records or studio block
diagrams.

On numerous occasions it has been found that because
of the lack of maintenance or negligence the best equip-
ment was operating as poorly as the worst kind. Hum,
noise, susceptibility to clicks, crosstalk, and intermodula-
tion distortion have been found as results of wrong ter-
minations and a lack of proper grounding. Correct phas-
ing, proper wire identification, good soldering, and wire
dressing as well as equipment location, are major items
which shouldn’t be forgotten. Maintenance may well make
or break the studio, so I will continually place special
emphasis on proper maintenance.

Let this short review be an introduction into the com-
ing series of talks about the wide field of practical profes-
sional audio engineering.
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GEORGE ALEXANDROVICH

Sound Recording and Sound
Processing Technology—
Sixteen Years Later

Author Alexandrovich has returned to offer us a look
at what has transpired (audio-wise) in the wntervening

sixteen years.

N THE PREMIER ISSUE of db Magazine, exactly sixteen
vears ago, | gave a general overview of the state of
sound recording and sound processing technology.
At that time, tube-type equipment was becoming

obsolete and everything was being converted to solid-state
circuitry. Integration as we know it today did not exist. All
circuits were built around discrete semiconductor devices.
Though we were busy converting everything to solid-state
devices, we were not in a position to utilize all of the advan-
tages transistors offered us.

Today, almost all of the elements can be synthesized and
represented by integrated circuits. This means that there is
no need to wind huge chokes for our filters, no need for super
large electrolytics, high power switches, or large output
tubes. We can have all this in miniaturized form. Integrated
circuits or discrete devices now have performance specifica-
tions that put to shame even the most advanced devices of
vesteryear, We can drive high-veltage circuits from single-
cell batteries and convert any type of power source to any
other type we wish. Mechanical meters are being super-
seded by LEDs or LCDs,

SWITCHING DEVICES

Switching can be accomplished by special high-speed
transistors, FETs (Field Effect Transistors), triacs, diacs,
silicon-controlled rectifiers, or a variety of other modern
switching devices. For instance, the technology of power
switching has reached the point where power companies
have started using solid-state MOSFETSs to switch currents
from high-voltage lines to low-voltage lines. The same

(ieorge Alexandrovich is vice president, Field
Engineering and Professional Products manager for
Stanton Magnetics Ine. He is also on the Board of
Governors of the AES,

devices are being used to operate brushless motors, where
the current in the field winding, rather than being con-
trolled by the collector, is being controlled by a combination
of hall effects devices and solid-state switches. These can
be operated remotely with a minimum amount of power, yet
with incredible efficiency and reliability, The switching
speed of these devices is also incredible. Hall effects devices
are now used to sense magnetic fields, performing functions
magnetic tape heads did before. And the work to perfect
these devices is still going on.

LIGHT SENSORS

Old-fashioned bulbs and pilot lights have been replaced
by almost indestructible LEDs, which are available in
several colors and a variety of shapes and intensities. We
should also mention the wide choice of light-sensing devices
available today. There are light-sensitive transistors, diodes
(opto type). SCRs, FETSs and other sensors such as cadmium
sulfide and selenide cells.

Naturally, we should not forget about lasers as a source
of light. An entirely new branch of audio recording and
playback is based on the laser beam principle. (More about
that later.) There are high- and low-power lasers. High-
power lasers can be used to cut steel plates, knock missiles
out of the sky, or as a cutting or cauterizing tool. Laser
beams can weld tissue, remove cataracts, cut away malig-
nant tissue and free clogged blood vessels. And who said
that the laser is dangerous to human health?

Closer to the subject at hand, laser-based fiber optics are
now being used to carry large numbers of multiplexed
channels of information and audio signals.

AMPLIFIERS

Micro-miniaturization in all aspects of technology has
revolutionized amplifiers. Operational amplifiers (or op
amps) are everywhere, with performance we could hardly
have dreamed about some 30 years ago. As long as we know
what we want and what kind of performance we require, we
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can buy it (maybe not right away, but eventually). It seems
that the demand is so great for all types of devices these days
that semiconductor manufacturers are quoting delivery
dates of six months to one year.

Introduction of VSLI (Very Large Scale Integration)tech-
nology has had an enormous impact on designers. Coffee
makers, TV games, computers. caleulators and cash regis-
ters are all being converted to chips with either ROM or
EPROM memories (read only and read and write types).
Audio chips have appeared that contain entire noise-reduc-
tion systems. equalizer and filter circuits. control logic for
drives and switching, as well as automation systems for
remixing music from multi-track tape recorders.

Awash in this sea of new devices is the one that isarguably
the most valuable device for the sound-mixing engineer:
the VCA (Voltage Controlled Amplifier). This replaces
the conventional gain control fader. increasing the reliability
of the gain control function while providing the ability to
control gain from other channels and gang as many channels
as one desires. It can also function as a perfect switch or
gradual automatic fader.

THE CONSOLE AND THE MIX

The size of all these devices allows us to pack an entire
multi-channel console into a space the size of a lunch box
{excluding the knobs and manual controls). The size of the
controls is still a problem. Although we can design the
console to be fully automatic. it can never duplicate the
decision-making ability of a recording engineer. The engi-
neer still needs the necessary interface between his/her
hands and the electronies; fader knobs have to be there to
tell the engineer about the setting of the mic gain or sub-
channel status: switches must have indicators to tell him
what is connected where. Even with all these technological
advances the human factor remains (thankfully) of prime
importance. The laws of physics and acoustics have not
changed: nor has the desire for good music.

The right choice and balance of sounds still depends on
the taste and skill of the mixing engineer and the producer
who have to know how to utilize all of the new marvelous
tools technology has presented us with. They have to be
artists. sensitive to the desires of the public. and yet creative.
innovative and inventive. The trend today in recording seems
to be toward having as many input channels as there are
instruments and microphones on the floor so that sound can
be recorded indiscriminately at the highest possible level
without distortion for best signal-to-noise ratio.

After the recording session ends, the real work begins: the
remixing. With the increasing complexity of mixing con-
soles. it is no longer a matter of mixing signals from two
strategically placed microphones from a single-take session.
Itisa declaration of war on knobs and controls—a chess game
with the console with no known winner. The boards are so
complex today that each module is like a miniature console
with equalizers. post- and pre-echo sends. solo circuits,
assignment buses, or microprocessor controls.

Finally. after weeks of adjusting track levels, numerous
variations of equalization, sweetening, flanging effects or
reverberation with delays, we are ready for the last step:
final mix to two channels. And what is the end product of all
this? An LP disc or a cassette. In essence. then. what it all
boils down to is that this multitude of channels ends up
(hopefully) as a high-quality two-channel program.

TAPE RECORDING TECHNOLOGY

While improvements in technology were taking place. the
quality of tape recordings was alsoadvancing. Notonly were
new and better tape heads designed and built. but the tape
itself was greatly improved. New types of oxide and
magnetic coatings on plastic films have allowed the quality of
sound from cassettes to overshadow and eliminate the
competition: the 8-track cartridge and open reel tape. The
advent of Walkman-type cassette players has captured young
audiences and created new markets for high-fidelity sound.

THE LP VS. TAPE

The LP has not enjoyed the same success—but not because
of a lack of technology or hardware. Rather it is a result of the
overconfidence of record producers who were sosure that the
record was beyond competition. The disc was considered to
be such a perfect medium that it was felt that no matter how
much we abused it, it would hide our mistakes. Notso. Noone
in the tape recording field would drive the tape recorder into
overload. On the dise however, there seems to be no limit for
the modulation level. When recording on tape. the best tapes
are generally used. Indise pressing plants, though. cost is the
main factor. Thus, the cheaper the material, the happier the
record manufacturers,

LASER TECHNOLOGY

The technology of digital recording grew as a result of this
disregard for the quality of the analog disc. In using the laser
beam. the recording was achieved on a 12 em disc by
converting the audio signals intodigital form so that from the
moment the A/D conversion took place until the playback
circuits converted the stored information back to analog
form. no signal deterioration took place. Just toovercome the
surface noise of the inferior polystyrene records (all 45s are
made this way today)and reduce distortion and mistracking
created by the severe overmodulation of the groove.
engineers have developed a new system using binary
numbers consisting of 1s and 0s to represent analog signals.
The signal is chopped up into 44,100 parts per second. with
each part converted to a binary number of 14 digits. 14 x
44,100 = 617.400 bits of information used to represent audio
waveforms during the lsec interval. Since the sampling at
higher frequencies remains the same. a 10 kHz signal. for
instance, is sensed only 4.1 times during its cyvele. In
converting the digital information back to analog. the high-
frequency information will only be an approximation of the
original 10 kHz waveform. Nevertheless, the system works.

In order to store this enormous amount of data on the 12em
dise, the linear speed has to be very high—forcing the disc to
rotate as fast as 500 revolutions per minute. The width of the
track produced on the flat digital compact disc is less than 0.5
microns wide. with constant spacing between turns of 1.6
microns. The digital information is burned into the surface of
the master by means of a laser that is pulsed to produce pits
for the 1s and leave the smooth surface for the 0s.

There are several advantages to digital disc and digital
sound recording technology. including lack of signal
degradation. low distortion. excellent signal-to-noise ratio.
wide dynamic range and separation between channels.
Thereisalsoavery sharp. abruptloss of all frequencies above
20 kHz. And. because the frequencies are synthesized. one
has full control of how to re-create them. There are numerous
circuits built into the digital equipment to correct for loss of
bits of data and to eliminate the harmful effects of sampling
frequencies and filters used to control the purity of the sound.
Along with audio signals. all sorts of additional information
is encoded. e.g.. signals to control the speed with which the
data is stored and then released. as well as information to
control channel separation and levels. The cost of such a
system is great, and the disc manufacturing process is
precise and complex.

WHY CAN'T WE DO THAT?

If we compare the cost of manufacturing analog LPs with
that of the digital compact discs. the LP wins hands down. A
high-quality analog disc costs no more than half a dollar—
minus jacket and royalties in small quantities (1000 pes)—
while the digital disc may cost 10 times as much. And this
cost will not diminish greatly in the future.

There is one thing that I fail to understand: The auto
industry has turned down exotic engines such as turbines,
steam engines, electric. and other types of power plants for
good ol’ reliable internal combustion engines. They took old
gas guzzlers and. via computer control and careful
engineering. turned them into modern engines that pass all
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economy standards and pollution-control requirements. Why
can't we take all the technology we possess, including the
computer and digital know-how, and glorify our good ol’
reliable analog dise?

Couldn’t we use good materials that would repel dust
instead of attracting it? Couldn’t we combine noise reduction
ideas like Dolby. dbx., CX. DNR and others to achieve the
same results we do with the CD? Why can’t we control the
speed of the turntable with supersonic frequencies to change
the speed of the motor, while using error- and distortion-
correction circuits that we already know how to construct
and use?

The simplicity of analog record manufacturing is
astonishing. In addition, the investment is small. And it is
this last fact that may hold the key to the future of our
industry. | believe that the analog record is here to stay—if
we put our minds to it. The improvements needed in the
quality of the disc are relatively straightforward: better
plating care and more electronics to mask harmful effects.
Isn’t this what is done for a digital dise?

A positive sign that this improvement of the LP is
beginning to happen is the development of the DDM (Direct
Metal Mastering) process. This new technology is a
refinement of the old method of mastering the analog disc by
cutting the metal. (Edison was embossing the metal using a
tangential tracking tonearm in his first machine 100 years
ago. and played it using a doorknob stylus which today we
call elliptical.) If technology keeps coming back to the same
methods. we must have been doing something right all these
years.

I eannot help but recall a session at the recently concluded
AES Convention in New York City. A/B tests were
conducted between digital and analoeg records in front of an

audience of seasoned professionals and distinguished
recording engineers. The conclusion that was reached after
the meeting showed that the majority of the participants
could not distinguish between the two sources of music. This
conclusion would seem to indicate that the consumer is going
to need some very good reasons to justify the cost of a digital
system before he/she would buy it.

But then, what have we done for the consumer in the past
16 years? He listens to headsets and a Walkman when he jogs,
uses the same stylus for his records that he used adecade ago
{he forgot to change it), probably bought new speakers
because he liked the walnut veneer—and still doesn’t know if
they are correctly placed in his living room. He heard the
word digital and associated it with the label on the analog LP.
Now. when the “real thing” comesalong, he will be more than
puzzled. He will be hearing the same selections he now owns
in analog form. with much higher dynamic range and lower
noise it’s true, but he will have to turn the gain controls down
because his neighbors might become very annoyed.

SOME HARD QUESTIONS

What ['ve said is not new. We have been aware of it for some
time, but have not really thought about it. Well, maybe now is
the time. Given all the facts. are we going in the right
direction? Are we thinking logically and being practical in
our deductions? Are we making everyone’s lives more
pleasant (which is, after all, what music’s all about)? Or are
we taking our technology further and further away from the
consumer's reach so that someday the only type of
entertainment the average consumer may be able to afford
will be computer-synthesized music stored ona memory chip
played through an electrode attached to the nervous system?

Think ahout it. [ ]
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If the
Electro-Voice
Model 666
picks up
sound here...

==
b ey,

@ The holes in the top, sides and
« rear of the Electro-Voice Model
666 make it the finest dynamic cardioid
microphone you can buy. These holes
reduce sound pizkup at the sides, and
practically cancel sound arriving from
the rear. Only an Electro-Voice Vari-
able-D® microphone has them.

Behind the siots on each side is a
tiny acoustic “*window™ that leads
directly to the back of the 666 Acoustal-
loy® diaphragm. The route is short.
small, and designed to let only highs
get through. The path is so arranged
that when highs from the back of the
666 arrive, they are cut in foudness by
almost 20 db. Highs arriving from the
front aren’t affected. Why two ‘“‘win-
dows’ ? So that sound rejection is uni-
form and symmetrical regardiess of
microphone placement.

The hole on top is for the mid-
range. It works the same, but with a
longer path and added filters to affect
only the mid-frequencies. And near
the rear is another hole for the lows,
with an even longer path and more

Nevleern

filtering that delays only the bass
sounds, again providing almost 20 db
of cancellation of sounds arriving from
the rear. This “‘three-way system of
ports insures that the cancellation of
sound from the back is just as uniform
as the pickup of sound from the front—
without any loss of sensitivity. The re-
sult is uniform cardioid effectiveness at
every frequency for outstanding noise
and feedback control.

Most other cardioid-type micro-
phones have a single cancellation port
for all frequencies. At best, this is a
compromise, and indeed, many of
these ‘‘single-hole’™ cardioids are actu-
ally omnidirectional at one frequency
or another!

In addition to high sensitivity to
shock and wind noises, single-port car-
dicid microphones also suffer from
proximity effect. As you get ultra-close,
bass response rises. There's nothing
you can do about this varying bass
response — except use a Variable-D
microphone with multi-port design*
that eliminates this problem completely.
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Because it works better, the E-V
666 Dynamic Cardioid is one of the
most popular directional microphones
on the market. Internal taps offer 50,
150, or 250 ohm impedance output.
Frequency range is peak-free from 30
te 16,000 Hz (¢cps). Output is—58db.

To learn more about Variable-D
microphones, write for our free booklet,
“*The Directional Microphone Story.”
Then see and try the E-V 666 at your
nearby Electro-Voice professional mi-
crophone headquarters. Just $255.00 in
non-reflecting gray, complete with
clamp-on stand mount. Or try the sim-
ilar Model 665. Response from 50 to
14,000 Hz (cps), $150.00 (list prices less
normal trade discounts).

*Pat. No. 3,115,207

ELECTRO-VOICE, INC., Dept. 1071 BD:
686 Cecil Street, Buchanan, Michigan 49107

EleclioYores
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Sound

THE STATE OF THE ART

Reinforcement

Nexleer f//&a/w C‘/@ﬂ

The elements that make up a sound reinforcement system have come
a long way since the days of the cupped hand. But the present state
of the art is merely a stopping point. Where do we go from here?

ack in the very. very old days. il was necessary

1o be within “ecarshot’” of a sound’s originating

point. Earshot depended for the most part on
the frequency characteristics, loudness, wind direction,
surrounding noises, lerrain or location of source and listen-
er, just as it does today. whether the receiving device is
an ear or mechanism. In those days, though, earshot
distance actually meant to an ear. There was no way 1o
preserve the sound for later listening, nor was there any
way to extend the distance. If anyone wanted to hear the
sound they had to be there, fairly close 1o the source.
Attempts 1o increase the “‘throw™ distance through the
us¢ of cupped hands or other horn-like devices helped the
situation a little. In time, it was Icarned that sounds
could be directed somewhat toward the listeners if the
source was located in front of something such as a hill
or structure. Carcfully shaped and strategically placed vases
in the proximity of performers, prevailing winds, and high-
er but closer seating arecas were used in further auempts
to permit more listeners 10 hear the sounds originating
from the source.

Through the many years that followed, more attemipts
were made 1o enlarge the listening area. but meeting halls,
auditoria, concert halls, churches and ampitheaters had to
be built to take advantage of natural acoustics to “spread
the word.” It was not unul the arvailability of clectronic
amplification that something was done to substantially en-
large the listening area.

Recordings could now be made using a microphone
which changed sound impulses to electrical impulses. These
recordings could be played through speitkers which distrib-
uted sound to listeners in a fairly good size arca. When
movies started to talk, though, a real need for g sound™
became apparent. Theaters could seat pretty big crowds
to sce the sereens. but now it became necessary that all
these people also be able to hear the voices, sounds, and
munsic.  Larger speakers,  higher-output microphones. and
more powerful amplifiers had 10 be developed. And they
were.

This solved some problems but, as seems to happen in
almonst every field, created new ones.

Ay microphones came into use for addressing live aud-
icnces, methods had to he found 1o make the mikes smaller
in order to avoid hiding the speaker or performer. Lapel
microphones,  lavaliers o hang around the neck. ane

button-hold mikes were designed 10 permit the speaker
or singer free use of the hands during a performance. As
sensitivity of microphones improved it became necessary
to manufacture units with different pickup patterns so that
some had very narrow cones of sensitivity. some could pick
up through greater angles and some were made to be non-
restrictive, or omnidirectional.

Many types of microphones are now made for music,
offering better frequeney response in the bass range or
high-frequency range or with smooth response through a
very wide band of frequencies. Some distort sound less
than others during loud. impaet sounds. Others have pre-
cmphasis in the voiee range built in. Still others are made
to pick up through an extremely narrow angle but at a
greater distance. Each microphone manufacturer today tries
to cover a particular market or use with a variety of types
and shapes especially  designed and engineered for cach
application.

lor locations where microphones are used near loud-
speakers or in highly reverberant arcas, the choice is a
combination of narrow pichup angle. smooth frequency re-
sponse and high front-to-rear rejection ratio to diminish
the possihility of acoustic feedback. Today, microphones are
made with these singular characteristics, combining those
qualities that make them particularly suited for individual
requirements, in almost all sizes and shapes and at almost
any price.

Amplification

Many changes in the construction of microphones were
caused by, and resulted in. changes made in the ampli-
ficr units developed to raise the minute power output ol
the microphone to the level necessary to drive a loud-
speaker strongly enough to enlarge the listening arca by a
substantial amount. Early amplifier designs for power apph-
cations were made 1o malch existing microphones and
speakers. The desired power output was achicved first with
existing tubes and components through the use of some
known circuits, then with modified circuits and newly de-
veloped tubes. new ideas on impedance matching, energy
transfer, interstage coupling and feedback.

Inherent tube and circuilry noise was slowly eliminated
with the development of new materials for use in fila-
ments, grids, resistors. and the resulting modifications in
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power supplies and filtering methods. Frequency response
was broadened to provide smoother lows and more natural
highs. Components were designed to withstand the heat
devetoped by high-power tubes.

Mixing circuits were devised to offer greater possibilities
for multi-source originations. Special filters were designed
to compensate for recording characteristics. Mixer units
were separated from the power chassis 1o permit the more
delicate low-voltage circuitry to operate to its own best
advantage without interference from tube heat and power
transformers. Bridging circuitry and matching networks
were calculated and engineered to permit flexibility of in-
puts. Power amplifiers could not be located at a distance
from the mixing unit whenever desired without any ap-
preciable loss of quality or cnergy.

Amplifiers were modified to reduce distortion. increase
frequency response, provide higher power and take up
less space. Preamplifier mixers were also modificd to oper-
ate with a greater frequency range and lower noise and dis
tortion level.

As power ratings of amplifiers were increased to provide
greater audicnee coverage, constant-voltage outpul systems
were devised to allow more and more speakers to be added
without loss of level.

Scparate mixer/amplifier units and packaged. or combined,
mixer-amplifier equipments arc now available from many
manufacturcrs in various price ranges depending on the
application.

With the arrival of stercophonic reproduction, mixers and
amplifiers have been again redesigned to permit two and
three channels to be available on units built to the same
dimensions as previous mono cquipment. and with a2 mini-
mum of cross-channel interference.

The disassociation of mixer from amplifier has permitted
the deselopment of cquipment specifically to solve some of
the problems incurred in multi-input and high-level speaker
output svstems. bimiters and compressors have come into
fairly extensive use to prevent sharp bursts of sound from
distorting the quality of reproduction or damaging the
cquipment. In the same way, expanders to raise the level
of the source sound automatically if it should fall below
a predetermined point. are now common.

Most recently. equalizers of various types have been
engincered 1o permit a greater opportunity to emphasize
desired frequencies and eliminate undesired ones. In rever-
berant auditoria greater intelligibility can be realized by
raising the relative importance of certain frequencies and
diminishing the level of others, thus limiting the discrete
oncs causing the disturbing reverberation and, as a result,
permitting higher levels of output in the desired ranges.
Less sophisticated equaltzers are available that operate on
calculated curves at fewer, but carefully selected, frequen-
vics from thosc units that are specifically designed to permit
cxceptionally sharp operation at a great number of fre-
quencics.

In recent studies of acoustics and reverberation, it has
been found that if output frequencics can be made slight-
ly different from the original ones, by an amount insuffi-
cient to be heard. then feedback can be reduced. This will
allow higher output levels. The result is the development
of a frequency shifter which raises cach input frequency

by 5 Hertz at the output. Levels can then be increased
as much as 3 dB, or more, for greater audience coverage.

Solid State

In most recent years, preamplifiers, amplifiers, compres-
sors and even power supplies have undergone a most revo-
lutionary change with development of the transistor. In its
infancy, the transistor introduced its own sound character-
istic when used in audio equipment. It also could not
withstand the punishment that a tube could when something
happened in the internal circuitry of the equipment or in
the speaker lines. With further development, this device is
now being used in almost all equipment. New circuitry
has been devised to keep the transistor from breaking down
in the event the equipment becomes defective, or if trou-
ble develops in the output lines, or even if there is a
sudden power surge. Transistors of various designs and in-
ternal structures have been developed for special applications
and while some are still being made that cannot be handled
without special precautions, for the most part, these tiny
units have made such inroads that they have almost taken
over completely.

Audio equipment can now be made smaller, lighter, with
very good frequency and noise characteristics, but not yet
quite at the same price as the tube equipment.

Since the heat developed by a transistor is much less than
that given off by a tube of equivalent operation, more
equipment can be mounted in smaller housings. Neverthe-
less, all transistor equipment should still be protected from
being overheated by any tube units which may be used in
the same system.

Speakers

As other units of a sound distribution system have
changed, so did the speaker. Extremely bulky, inefficient
loudspeakers with coil-generated fields changed to smaller,
lighter, more efficient units with permanent magnets. Cone
material changed along with the type of suspension of
open ends. Frequency response improved, rattle was elim-
inated in better speakers during peaks, shapes of magnets
changed as new materials were found to create stronger
fields in a smaller space, and efficiency improved as less
power was required to move the cone. Speakers, as with
microphones, have been developed for different applica-
tions, with unique specifications of frequency response
and smoothness, power ratings, angle of dispersion, ef-
ficiency and size. Smoothness of the response curve is de-
sired to reduce feedback when used in the vicinity of open
microphones. Concepts of speaker housings and their internal
structure, front openings and sizes, dimensions and malerial
have undergone study and modification to improve particu-
lar characteristics deemed necessary by the variety of
applications.

A study was also made of the interaction of sound
waves when speakers were located close together. It was
found that a mounting of several speakers in a particular
arrangement provides characteristics unique to that arrange-
ment. A linear array, with speaker centers a definite dis-
tance apart, creates a ‘‘spotlight’’ effect with the vertical
angle less than that of a single speaker alone. That angie
decreases as the number of speakers increases.

Sound columns are now used in areas where reverbera-
tion time is high to direct the sound towards the audience
and to decrease the wasted sound energy which would
otherwise hit the ceiling or floor and create reflected, dis-
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turbing sound patterns. Straight line and curved speaker ar-
rays, multiple speaker arrangements, filter networks and
other concepts have sprung from the original theory in an
effort to produce units that will suit an application range
or fit a price category. Still, specially designed units are
required when the circumstances are sufficiently unique to
warrant this engineering, as for example tremendous aud-
iences in large outdoor areas or music halls where highest
fidelity is required at each seal.

As more and more equipment has been developed and
produced in each phase of sound distribution systems,
it has become obvious that standardization is required.
Microphone output impedance must match preamplificr
inputs, amplifier outputs must match speakers, preampli-
fier outputs and amplifier inputs, as well as those of
intermediate equipment, must also match for proper opera-
tion of a complete system. Characteristics of equipment,
depending on several variables, have to be defined at par-
ticular points of measurement.

Prognostications?

Now t(hat all these concepts, systems, equipment and
many of the standards have become accepted, tried and

developed to meet a great variety of uses and conditions,
have we gone as far as we can in sound reinforcement
and public address? Can anything more be done to im-
prove what is now available to compare with the strides in
development up to now? Further miniaturization seems 1o
be part of the answer.

Will mikes be made with mini-transmitters to eliminate
the use of connecting cables altogether? Will receiver-am-
plifiers be further diminshed in size through the use of mul-
ti-function modules so that they can be located at each
speaker instead of in central racks? Will speakers become
smaller to permit them to be hidden entirely? Will new
studies of acoustics, reverberation, sound transmission and
dispersion create havoc with present standards? Or will
future studies of the ear and its operation, the response
of the brain and greater use of psychedelic sound provide
the new incentives for the developments yet to come?
[t might prove interesting to live long enough to hear for
ourselves.

*Television Utilities Corp
Long Island City, N Y.

JOHN EARGLE

Sound Reinforcement—

The State of the Art
Sixteen Years Later

The following article (briefly) sums up some of the changes
that have taken place in the freld of sound rewnforcement over

the past 16 years.

N THE SIXTEEN years that have elapsed since the first
issue of db Magazine, the technology and practice of
sound reinforcement has made some pretty large
strides. The major impact has undoubtedly been the

requirements of large-scale music reinforcement—a facet
of the art barely known in 1967.

In the mid-sixties, professional sound reinforcement was
dominated by a few companies. and their hardware was
essentially that which had been developed some twenty years
prior for the motion picture theater.

But while the hardware side of the business was relatively
static, there was a good deal going on in the areas of system
analysis and equalization. Paul Boner had established the

Jokhn Eavgle of JBL, Inc. and JME Associates, (s a

regular db colwinnist.

criteria for system gain calculations, and his pioneering
work in system equalization is known to just about everyone.

As the seventies progressed, we saw the rise of high-quality,
high-level reinforcement of music. The rock concert had
become big business, and its particular requirements
spurred rapid development of new hardware specifically
tailored for use on the road. Let us look at some of these re-
quirements.

AMPLIFIERS

Amplifiers of the mid-sixties were made for fixed installa-
tions. They were heavy, did not travel well, and were modestly
powered. While all of this was fine for most speech reinforce-
ment applications, music reinforcement required new
designs. Specifically, high power was needed, and Crown’s
DC-300 inaugurated the new era of solid-state high-power
design. Still other manufacturers developed lighter weight
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amplifiers using switching power supplies. The industry is
still waiting for the definitive Class-D, or switching output,
amplifier design.

INPUT EQUIPMENT

The speech input consoles that were used in the mid-sixties
were little more than elaborations on broadcast designs.
Today's music reinforcement consoles resemble those found
in recording studios—a result of the expectation at the rock
concert that the performers sound substantially like their
records do! This means that all the tricks of signal processing
that have become standard in the studio are now to be found
in connection with large rock concerts.

MICROPHONES

Microphones have gotten better and cheaper during the
last sixteen years. The electret design, in particular, has
become quite popular, since it offers the benefits of the
capacitor microphone at a relatively low cost. For sound
pick-up in the theater or for classical music reinforcement,
the various boundary-type microphones have become quite
common. For vocal pick-up in the musical theater, vastly
improved wireless microphones are now standard.

LOUDSPEAKERS

Just as amplifiers of the mid-sixties were power-limited
for many of the applications of music reinforcement, so too
were most of the low-frequency (LF) and high-frequency
(HF) drivers of that day. After all, we must remember that
these transducers were never meant to see more than 50
or 60 watts.

The first LF transducers to be pressed into service for
music reinforcement were the various models that had been
developed for musical instrument use, namely for electric
guitars. These devices were highly colored—on purpose—
and were capable of taking considerable abuse. What was
really needed for high-level music reinforcement was a new
series of products that combined low coloration with high
power handling. Thus began an industry-wide quest for new
high-temperature adhesives and better magnet structures,

The problems encountered with HF compression drivers
were harder to cope with. Given new adhesives and surround
treatments, they could take considerable power. However,
distortion in HF drivers is largely a function of certain
thermodynamic conditions, and this is something that cannot
be corrected through attention to materials and mechanical
integrity. It can only be solved through dividing the spectrum
differently. Today, we see large-scale systems making use
of special mid-range (MF) elements that have been designed
specifically for the task of handling the 200 to 2 kHz decade.

FLAT POWER RESPONSE

Perhaps the most important conceptual notion of recent
vears has been that of flat power response. This term has
been around only as long as constant coverage horns have
been available. In essence, these new horns make it possible
for the axial response of a system to be flat, while at the same
time the total radiated power can be held nearly flat. This
concept has also favored, for many applications, simple,
ported LF systems instead of the large LF horns of earlier
years. The benefit of flat power response is a smoother, less
colored sound, and one that generally requires considerably
less equalization than earlier systems.

BANDWIDTH EXTENSION

In the mid-sixties, the bandwidth of a music reinforcement
system probably covered the range from 40 Hz to 10 or
12 kHz. Today, subwoofers are common, and their response,
even in large outdoor environments, can extend down to the
25 Hz range. At the high end, ring radiators, used in multi-
ples, extend the response out to 18 kHz.

WHAT OF THE FUTURE?

Most of the principles of transduction are pretty much
in place, and have been for the last fifty years. We will
undoubtedly see greater attention focused on lowering
distortion, and it is quite probable that direet radiator
devices will come into their own for all parts of the fre-
quency range, except the top 113 octave.

A great deal of the development will have a lot to do with
how music itself evolves. Present trends emphasize musical
detail and inner structure. Clean vocal lines are important
as is a greater attention to the value of dynamic range in
musical structure.

Some people feel that the large-scale rock concert will
give way to smaller forms in smaller venues, If this is to be,
then we will find greater attention to subtleties in music
reinforcement, and there will probably be a good bit of
attention given to multi-channel sound.

Lest we give the impression that the demands of music
reinforcement dictate all future trends, we acknowledge
that the areas of motion picture sound and speech reinforce-
ment are holding their own. New HF horn designs with
skewed patterns provide smooth coverage over large areas
and thus simplify array design. Moving in the opposite
direction, tapered line arrays of small direct radiator loud-
speakers are offering some remarkable solutions to complex
coverage problems.

Finally, we are pleased to note the impact of the micro-
computer on our industry. The base of measurement has
never been broader than it presently is, and current methods
of modelling arrays and coverage are just getting under-
way. [
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ONLY THE AG-500 WILL PACK TRUE
TUDIC QUALITY INTO 0.8 CU. FT
In your rack that means an Ampex
tudio recorder only 124" high, 6”
deep. As a portable it means the finest

youcan carry—any way you measure it.

First, the new AG-500 packs a true
tudio transport with all-electric push-
button solenoid operation, full re-
mote control capability, and a solid
die-cast top plate precision-milled to
keep tracks accurately aligned. It wil
maintain its performance weli above
broadcast studio specifications, even
after years of heavy use

Then, the cool-running solid state
electronics are arranged profession-
ally —for instant adjustment and serv-
ice; easy channet add-on and head
changes: One-channel, full or half
track. Two-channel, two or four track.
Input controls can mix two incoming
signals per channel. You can choose
speeds 33 and 7Y%; or 712 and 15
ps. Go portable with a rugged Sam-
sonite™ case. And enjoy silken-smooth
tape handling that is pure Ampex.

Ask your Ampex distributor, or send

the coupon, for an AG-500 demon-

stration —measured to your needs.
wWwWw.americanradiohistorv.com

£861 JoQWBAON gp



www.americanradiohistory.com

db November 1983

50

New Products
and Services
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Audio Control Center

The model AC-135 offers a combination of compactness, mobility,
appearance, and strength, plus technical features of professional quality.
The four-foot-wide unit has 14 inputs and accommodates six low-level

and eight high-level audio sources. An all-channel cue svstem,

muting, monitor amplifier and speaker are included. Also part of the console
are two turntable/arm/cartridge svstems. Accessories include a

matching bench/lid which gives protection to the console in transport

and becomes a seat for the operator on location. Tape cartridge

svstems and a cardioid microphone are also available.

Mfg: Sparta Electronic Corp. Price: On request

Industrial Catalog

This wopper of a catalog has over 600 pages with over 50,000 stock

items listed. More than 300 manufacturers are listed. The listings show
prices for purchase in various quzmtities of every type component,

including 1C’s, semiconductors. vacuum tubes, relays, times, transformers,
resistors, capucitors, connectors, soils, chokes. sockets, plugs. jacks.
switches, fuses, batteries. clips, lamps. wire, and cable.

Other sections show test instruments, two-way radios, recording equipment, ]
sound equipment, power supplies, hardware, etc. There is a full index. & S S——

Mfg: Allied Radio Corp. Price: No charge

| INDUSTRIAL ELECTRGMICS CATALDE 156E

meR P, RARNRY, Bl

ALLIED ELECTROMICS

S e FoLm e ———

Modular Console, Model 9200

This is a basic. unitized enclosure for modular assembly. A full line of
L()ml)()nunt\ may be sclected to meet the \[)cuh(‘ rcqlurcnwnt\ ol a
particular installation. As many as 27 strip modnles may be installed, along
with up to 4 VU meters. Each moduale is ]llllt"t'(l forward for casy
decess, Eaelt input panel may contain a rotary mixer, straight-line niser. - . Pkt =
ullmllu_‘ echo wn(] attennator, and o multi- \\\ltch .lswml)]\ Pan
pot panels, tulk-back panels, pluybuack and monitor panels. jack \tnp\
graphic cqu.lluen and the meter 1w:m})l\ are
all variuble to individual rcclmtcnwnt.\.

Mfg: Altec, Div of Ling Altec, Inc.  Price: List available on request \

g
P - ___(.
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PREFERABLY ALIVE 11}
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We are looking for you out there, you who may have
developed computer programs or devices for the audio industry.

If you are a manufacturer who has developed a new idea or
method of testing or producing using a computer—tell us!
We want your idea in our new computer column.

If you are an audio engineer who has come up with an
innovative way to use a computer in the recording, broadcast

or sound reinforcement field—tell us!
We want you to tell us and the world about it.

If you are a programmer or someone who has a special knowledge
of computers in audio—tell us! We'll let everyone know
about it.

This is your opportunity to tell the world about your
brainchild—your innovations—your genius!

Tell us—here at db—The Sound Engineering Magazine.

Sagamore Publishing Co. ‘
1120 Old Country Road
Plainview, NY. 11803

(516) 433-6530

Www.americanradiohistorv.com
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New Products

DUAL CHANNEL AUDIO
ANALYZER

® RE Instruments’ model RE201 Dual
Channel Audio Analyzer utilizes an
FFT analysis process and a CRT
display to provide a completely digital
instrument designed for rapid, re-
peatable. and accurate testing of
radios, amplifiers, and most audio
equipment. The measurement capa-
bilities include Total Harmonic Dis-
tortion (to -90 dB), intermodulation,
transient intermodulation distortion,
difference frequency distortion (to
-70 dB). AC levels (up to 756 kHz), DC
levels, phase. frequency. separation (to
-80 dB). and wow-and-flutter. Each of
these 10 basic measurements can be
defined to be performed in 10 different
ways. The RE201 gives the user non-
volatile storage capability for up to 90
such measurement definitions. It also
allows the user to define and store
multi-measurement sequences. These
may be recalled with a single keystroke
to simultaneously display up to nine
two-channel measurement results on
the CRT. The RE201 is IEEE inter-

AUDIO MIXERS

® Ramko’s P-4M and P-5MX mic/line
mixers are the latest addition to their
Primus audio group. Both are offererd
in mono and stereo versions and are
available in 13-inch table-top or rack
mount configurations. The P-4M pro-
vides four mixing channels and six
balanced inputs with selectable high/
low shelving equalizers for channels 1,
2, or all. Other features are selectable
Peak VU solid-state meter ballistics,
phone driver, phones, master and
monitor controls. and cue on all inputs.
The P-5MX is designed to function as
both an expander for the P-4M (which
combined will provide 11 inputs and 9
channels), as well as a stand-alone five-
channel mixer with send/receive on
each channel. Both units feature XLR-
type connectors, balanced inputs and
outputs, and gain select on all inputs
(mic thru +26 dBm. S/N of -83 dB).
Distortion is .008 percent and fre-
quency response is 10 Hz to 20 kHz, +0,
-1.5 dB. All units utilize conductive
plastic controls, long-life switches, and
are covered by a three year warranty.
Mfr: Ramko Research

Circle 55 on Reader Service Card

faceable: it also has an RS232 port for
mass storage or hard-copy documenta-
tion, The unit has a modular design
utilizing two individual 16-bit miero-
processors. Extensive EMI shielding
includes a separately shielded IEEE

interface port, digital section. and CRT
section. A full range of plug-in options
for increased capability will soon be
available.

Mfr: RE Instruments Corporation
Price: $14,.465.00

Circle 53 on Reader Service Card

www americanradiohistorv com
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HIGH PERFORMANCE
MULTIMETERS

e The Fluke 70 Series of hand-held
multimeters combines features such as
a single eight-position switch for
function selection. and both digital and
analog displays. A simple analog bar
graph moves up and down a 32-
segment scale. updating 25 times per
second—10 times faster than the digital
display. At a glance, the user can note
the trend indications for peaking and
nulling measureiments or continuity
checks. The 3200-count digital display
gives the Fluke 70 Series the same
resolution as a tvpical 4l-digit multi-
meter for displays above 2000 counts.
When measuring a 220-volt line, a 24-
volt power supply. or a 20-milliamp
current loop. the increased count
provides an extra digit of resolution
over traditional 2000-count meters.
which must change ranges for these
measurements. A unique auto-ranging
function instantly selects the correct
measurement range. All functions are
color-coded and clearly designated on
the liquid erystal display. All three
Fluke 70 Series models measure DC
voltage to 750 V. AC voltage to 1000 V.

AUDIO-FOR-VIDEO
LOOPING CONTROLLER

e United Media’s DIRECTOR and
TRANSLATOR are microprocessor-
based looping controllers emploved in
the process of Automatic Dialogue
Replacement (ADR). Unlike the con-
ventional synchronizer, these products
utilize the sume concepts of tyving audio
to video with full on-line editing
capability as their counterparts in film
production. The DIRECTOR handles
up to six voices separately, routingeach
performance to its own track. Functions
such as high-speed "rock and roll” of
tape and picture. storage of loop input
and output points. and recording of
each cue point as an automatic re-
assembly point for editing are standard.
The entire ADR ean be pre-programmed
using frame by frame accurate SMPTE
time code cueing with single kevstroke
control. All data is stored on floppy disk
for backup. The operator ean. through
the captive memory, scroll back through
for cue review, or play through the tape.
Both audible beeps and visual wipes are
produced, The DIRECTOR can also be
equipped with CRT video display and/or
high-speed printer for expanded review
capability. Talent may perform work at
separate times being individually cued
for start points and pacing. Video and
audio cues generated by the DIRECTOR
ean be varied in terms of pre-promt
timing depending on individual talent

idul

s o [T S

current to 10 amps, and resistance to 32
megohms.
Mfr: John Fluke Mfy. Co.. Ine.

Price: Fluke 73 8 25.00
Fluke 75: $ 99.00
Fluke 77: $1249.00

Circle 56 on Reader Service Card

Tatus
S1YNC =" 13 L (=] |

«i YOOARD OF [ NRO=

TR AT

reaction time. Standard interfaces
accommodate one VTR and one ATR as
the minimum configuration and expand
to handle two or more VTRs, ATRs. ora
combination of the two, depending on the
nature of the work to be performed.
The TRANSLATOR incorporates only
the DIRECTOR's functions required for
recording cues. The TRANSLATOR

wwWw americanradiohistorv com

allows the operator to pre-program the
production via off-line cue recording.
Presence at the final session or sessions
becomes optional. Interfaces for floppy
disk. paper-tape punch and reader. and
either high speed printer or TTY are
standard for both systems.

Mfr: United Media

Circle 57 on Reader Service Card
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Classiiied

Closing date is the fifteenth of the second month preceding the date of issue.

Send copies to: Classified Ad Dept.

db THE SOUND ENGINEERING MAGAZINE
1120 Old Country Road, Plainview, New York 11803

Minimum order accepted: $25.00
Rates: $1.00 a word
Boxed Ads: $40.00 per column inch

db Box Number: §8.50 for wording "Dept. XX." etc.

Plus $1.50 to cover postage

Frequency Discounts: 6 times, 15%:; 12 times, 30%

ALL CLASSIFIED ADS MUST BE PREPAILD.

PRCHBURN: AUDIO
rrem—— NOISE SUPPRESSOR
For all recorded sound

The choice of recording industry, archives and coilectors
around the world
Three processors for reduction of transient and sieady-state
noises Plus speciat features for optimum reproduction of old
records. lateral or vertical

Mono model $1,950: Mono/Stereo $2,450
Write for literalure to.
P.0. Bax 335 Dewitt NY USA 13214-0335

FOR SALE

THE LIBRARY. Sound effects recorded
in STEREO using Dolby throughout. Over
350 eftects on ten discs. $100.00. Write
The Library, P.O. Box 18145, Denver, CO
80218.

CASSETTE DUPLICATION IN real time
from 10-10,000. Nakamichi cassette decks
used for optimum quality. Best rates.
labels. inserts and shrink wrap available.
Fast turn around. Audiohouse (303)
751-2268.

Electro-Voice Professional Microphones-
In stock, same day shipment, low prices.
E-V catalog $1.00 for postage. Attean
Horlzons Co., 861 South Ave., Plainfield,
NJ 07062. (201) 561-8123 until 9:30 p.m.

AMPEX REEL TO REEL/CASSETTE
TAPE. Grandmaster/High Performance.
Pro Stereo/Mono Duplication. Volume
Wholesale Pricing. MSC “The Cassette
Works,” 806 W. Tth, Amarillo, TX 79101.
{806) 373-8473.

MC! JH-500 Console, Allison automation,
JH-16 multitrack recorder with 24 track
heads. Very reasonable price. Contact:
Gregory King (305) 425-1001 (Florida).

IN STOCK

IMMEDIATE
DELIVERY

LOADS

AT 50 IPS
X-100

AUTOMATIC CARTRIDGE LOADER
NET PRICE $495.00

TAPECASTER TCM, INC.
Box 662
ROCKVILLE, MARYLAND 20851
800 638-0977

FREE 32pg Catalog & 50 Audio/Videec Applic.

L
PHONOD, MIC,
. TRANS, ACN
- TAPE, VIOEO,
Stargo/Mone Pwr Ampl.

LINE, O8C

ﬂ‘.'
L B-in/2-aut, 1240/ 4-0ut, 18- 4-cul
Video & Audio Dist Ampls. TV Audio & Recd Prod Consoles
OPAMP LABS INC (213) 934-3586
1033 N Sycamore Av LOS ANGELES CA, 90038

DIRECT FROM
BROADWAY

USED SOUND
EQUIPMENT SALE
.

PETER PAN « FIDDLER » CAMELOT
KING & | e CHORUS LINE » DOLLY

Wireless Microphones
Used By The Stars

AMPS * MIXERS * RECORDERS
all guaranteed

424 WEST 45 ST. » NY.NY. 10036

@ SOUND ASSQCIATES. INC
TELEPHONE 212.757-5679
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BLANK AUDIO AND VIDEO CASSETTES
direct from manufacturer, below whole-
sale, any length cassettes: 4 different
qualities to choose from. AMPEX and
AGFA mastertape—from %-inch to 2-inch.
Cassette duplication also available. VHS
T-120's $6.00. Brochure. Andol Audio
Products, inc., Dept. db, 42-12 14th Ave.,
Brooklyn, NY 11219. Toll free 1-800-221-
6578, ext. 1, NY residents (212) 435-7322.

USED RECORDING equipment for sale.
Dan (415) 441-8934.

PERSONAL STUDIO FOR SALE: MCI
8 track w/dbx Noise Reduction. Quantum
12 in—8 out console. 2 dbx compressor/
limiters. AKG BX 10 Reverb. Excellent
condition. (316) 264-5210.

TECHNICS TURNTABLES IN STOCK!
'AKG. Neumann, UREI, Orban Eventide,
dbx, Lexicon. Best pro-audio equipment
Lowest prices. IMMEDIATE DELIVERY
UAR Professional Systems. (512) 690-
8888.

FOR SALE: Scully 280—8 track. Good
Condition. Best offer. Reason for selling—
gone 16 track. Birch Recording Studio
(301) 943-8141.

FOR SALE—AKG C-24 and other tube
type condenser mics. (415) 441-8934 or
527-6167.
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= placed your db
again? Our
high quality,
royal blue vinyl
binders keep

_: 12 copies of
db neat and
handy for A
ready ot e RIS
" reference. Bi
4 dust $9.95, ’ A
#" available in g%
North America - it
- only. (Payable A

i e

in US. currency « - gaiiad
drawnonUs. <
banks.) ORDER

© YOURS NOW!!

Plainview, NY 11803

27 YES! Please send db binders
Z. . @ $9.95 each, plus applicable sales tax.
% Total amount enclosed $

FOR SALE: SCULLY 284-B 8-TRACK
little used. Make offer or $4,500 takes it.
Thelen Advertising, St. Cloud, MN (612)
253-6510.

POCKET TEST OSCILLATOR! 10-85 kHz
sinewave, infinitely variable. Will drive
+4 dBm into 600 ohms unbalanced.
Battery powered. $100.00. Whizbox Labs,
1018 17th S., Suite B-1, Nashville, TN
37212

MICROPHONES. immedate dclivery via
UPS. All popular models in stock Best
prices you'll see :n '83: PLUS we pay
freight. UAR Professional Systems, 8535
Fairhaven, San Antonio, TX 78229. (512)
690-8888.

AGFA CHROME and normal bias BLANK
CASSETTES CUSTOM LOADING to the
length you need. Your music deserves
the best—your budget deserves a bargain.
GRD P.O. Box 13054, Phoenix, AZ 85002,
(602) 252-0077.

SENSURROUND LOW FREQUENCY
ENCLOSURES with 18" CER-VEG 3C0
watt die-cast 96 oz. magnet driver. $195.00.
Empirical Sound, 1234 East 26th Street,
Cleveland, OH 44114, {216) 241-0668.

SERVICES

MAGNETIC HEAD relapping—24 hour
service Replacement heads for profes-
sional recorders. IEM, 350 N. Eric Drive,
Patatine. IL 60067. (312) 358-4622,

ACOUSTIC CONSULTATION—Special-
1zing 1n studios. control rooms. discos.
Qualfied personnel, reasonable rates
Acoustilog, Bruel & Kjaer, HP. Tektronix.
Ivie equipment calibrated on premises.
Reverberation timer and RTA rentals.
Acoustilog, 19 Mercer Street. New York,
NY 10013. (212) 925-1365.

EMPLOYMENT

_ OPERATIONS PROJECT MANAGER

With audio engineering, TV, fire alarm
and security background for established
sound system contractor. Will be re-
sponsible for supervision of personnel,
purchasing and scheduling. Ability to plan
and organize is essential. Send resume
to db Magazine, Dept. 6, 1120 Otd Country
Rd., Plainview, NY 11803.

wWWww.americanradiohistorv.com

TELEVISION AUDIO OPERATOR

The Christian Broadcasting Network,
Inc., an evangelical Christian ministry,
is seeking a professional audio operator/
mixer with a proven track record and
experience in the operation of many
different professional audio consoles.
Must have 3 years experience as audio
operator for TV or recording studio,
excellent hearing, knowledge of many
musical instruments, and proficient in
sweetening and music mixing. Knowledge
of basic electronics with emphasis in
audio engineering a must and advanced
degrees a plus. If you feel led and wish to
serve, send resume in confidence to:
Employment Manager, Christian Broad-
casting Network, Inc., CBN Center,
Virginia Beach, VA 23463. CBN is an
Equal Opportunity Employer.

_ BUSINESS OPPORTUNITIES

YOUR OWN
RECORDING SCHOOL/STUDIO

National audio educational franchises
now available for private ownership!
Cperate fully equip school/studio in your
community. State approved courses de-
veloped over a 14 year period. Turnkey
business including studio construction,
equipment, pretraining, marketing, adver-
tising, grand opening and ongoing assis-
tance. Low initial investment! Dawn Audio,
756 Main St., Farmingdale, NY 11735.
(516) 454-8999.

you write it

Many readers do not realize that
they can also be writers for db.
We are always seeking meaning-
ful articles of any length. The
subject matter can cover almost
anything of interest and value to
audio professionals.

You don't have to be an expe-
rienced writer to be published.
But you do need the ability to
express your idea fully, with ade-
quate detail and information. Qur
editors will polish the story for
you. We suggest you first submit
an outline so that we can work
with you in the development of
the article.

You also don’t have to be an
artist, we’ll re-do all drawings.
This means we dn need suificient
detail in your rough drawing or
schematic so that our artists will
understand what you want.

It can be prestigious to be pub-
lished and it can be profitable
too. All articles accepted for pub-
lication are purchased. You won't
retire on our scale, but it can
make a nice extra sum for that
special occasion.
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People, Places

¢ Almon Clegg has been appointed
to the position of general manager of
the Audio Division and Communica-
tions Division at the Matsushita
Technology Center (M-TEC). The
promotion, announced by Adam Yokoi,
vice president of M-TEC. gives Mr.
Clegg expanded responsibilities in the
areas of product research and business
development in high technology fields.
Mr. Clegg joined Panasonic in 1974 as
manager of the Audio Engineering
Department. He was promoted to the
position of assistant general manager
of the Product Engineering Division
in 1978 and assumed a similar post
when M-TEC was formed in 1982.
Prior to coming to Panasonic, Mr.
Clegg worked with General Electric
and was an Associate Professor of
Electronic Engineering at Illinois
State University. Mr. Clegg is a Fellow
of the Audio Engineering Society
and a Senior Member of the IEEE.

¢ Following the success of the US
roadshow in September of this year,
Solid State Logic is taking to the road
again. Starting on November 12th the
roadshow will be visiting major cities
in Germany, Portugal, Spain. Belgium
and Holland. returning to the UK just
before Christmas. SSL’s chief market-
ing executive for Europe, Jay Denson,
will be leading a team of engineers
to visit broadcasters and recording
studios in these countries. On show will
be a 32 channel SL6000 E Series Stereo
Video System integrating a synchro-
nized three machine (Video, Studer
AB00 24 track and A810) set-up with
Cart machines controlled via SSL’s
Events Controller. The emphasis is on
providing hands-on working demon-
strations to enable would-be purchasers
to get a thorough close-up look at one
of the world’s most advanced and
versatile video-post production broad-
cast console. A specially prepared
Audic-Visual presentation will be used
to explain the philosophy and applied
techniques of the system.

¢ Saturday evening, October 8th, Peter
Eros conducted the Peabody Sym-
phony Orchestra in the first concert
in the newly renovated Miriam A,
Friedberg Concert Hall in the historic
Peabody Conservatory, with works
by Hugo Weisgall, Verdi, Weber, Bizet.
and Beethoven. Soloists included Myra
Merritt, Soprano; Richard Cassilly,
tenor; Ellen Mack, piano; Berl Senof-
sky, violin; and Stephen Kates, cello.
Reviewers and faculty commented on
the improved “sonic warmth” given by
the increased reverberation time, use
of all hard materials, and movable
stage-end panels that were incorporated
in the renovation process. The re-
modeled hall can accommodate opera,
with the movable panels rotated to
their ‘‘teaser/tormentor’” positions,
and with the adjustable pit uncovered.
The hall also features complete record-
ing facilities. Klepper Marshall King
were acoustical consultants for the
renovation, with Jewell Downing
Associates of Baltimore as architects.
The new sound reinforcement system
for the Hall, used primarily for speech
and motion pictures, features a hori-
zontal line-source loudspeaker system.
using thirty-two JBL eight-inch loud-
speakers. Because of the rectangular
shape of the Hall, the loudspeaker
systemn operates as an infinite line with
good uniformity of coverage and a very
inconspicuous appearance. Supple-
mentary delayed loudspeakers are
used for listeners in the balecony and
underbalcony areas that lack line-of-
sight to the main proscenium line-
source system. The sound reinforce-
ment system and the recording system
were joint designs of Alan Kefauver,
Recording Studio Director, and Dave
Klepper of KMK. The systems were
instalied by Recording Consultants,
Incorporated, of Silver Springs, Mary-
land, with Dave Paseur and Ed John-
son responsible for most of the installa-
tion. All loudspeakers throughout the
hall. studio, and control room are
JBL (including bi-radial control room

www americanradiohistorv com

monitors); all amplifiers and most
equalizers are UREI; delay and re-
verberation accessories are Lexicon.
The recording conscle is a Sound
Workshop Series 1600; the reinforce-
ment console is a Yamaha 916.

® Three 3M 32-track digital master-
ing systems have been sold to major
recording studios in Nashville, an-
nounced Tom Kenny of 8M’s Magnetic
Audio/Video Products Division. Two
units were purchased by Norbert
Putnam of the Bennett House; the
third by Bill Roach’s Castle Record-
ing Studios. According to Kenny. 3M
is definitely in the digital recorder
business, rumors to the contrary. The
rumors began, he said, when there was
a drop in the digital system price com-
ing around the same time 8M divested
itself of the analog recorder business.
The company’s digital recorder system
was introduced almost six years ago.

¢ Litton Industries and Quad Eight
Electronies have announced that Quad
Eight has purchased from Litton its
Westrex Sound Recording operation
in the United States and all Westrex
operations in the United Kingdom. The
merged businesses will operate as
Quad Eight/Westrex. Westrex, origi-
nally the motion picture sound equip-
ment division of Western Eleetrie,
was instrumental in the development of
sound for motion pictures over 55 years
ago, and has continued to supply the
highest level of equipment to studios
all over the world. The Westrex opera-
tions were acquired by Litton in 1958.
Although Quad Eight has always sold
at least 50 percent of its products
internationally. as Quad Eight/Westrex
it will now have a multi-national
manufacturing base with the acquisi-
tion of Westrex’s manufacturing facil-
ity in the U.K. The company will manu-
facture both recording equipment and
consoles in the U.S.A. and the U.K.,
allowing a greater worldwide distribu-
tion system for all of its products.
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AMPEX
GRAND MASTER 456

Confidence is what you buy in Ampex Grand Master® No other studio mastering tape is more consistent.
456. Confidence that lets you forget about the tape No other mastering tape is more available, either.
and concentrate on the job. With Ampex Grand Master 456 you have the confidence
That's because we test every reel of 2” Grand Master  of knowing we stock our tape inventory in the field.
456 Professional Studio Mastering Tape end-to-end and  Close to you. So we're there when you need us.
edge-to-edge, to make certain you get virtually no tape- Confidence means having the right product at the
induced level variations from one reel to the next. The right time. That's why more studios choose Ampex

strip chart in every box of 2" 456 proves it. AM pE x tape over any other studio mastering tape.

Ampex Corporation + One ¢! The Signal Companies E

Ampex Corporation, Magnetic Tape Divisicn, 401 Broadway. Redwood City, CA 94063, (415) 367-3809
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How to Build a
Bettrer Compact
Professional Recorder

Follow this step-by-step guide to build your
own rugged, reliable, high-performance
professional recorder.

1. For your design feam, hire the same engineers responsible for
world’s premier multi-track recorder, the STUDER A800.

2. Employ meticulous Swiss and German craffs-
men for all fabrication and assembly.

3. Use solid aluminum alloy die-casfings for frans- ¥
port chassis and headblock. [

4. Use the finest Swiss and German machine fools
for milling, drilling, and fapping.

5. Use only professional-grade mechanical and
electronic components. e =, =

6. Make your own audio heads fo ensure the high- S m

. e 1 .
est quality. ¥ \i\ ar , y
< ";‘Qs %

‘-.'} -‘

/. Apply gold plating fo audio switching contacts. .

8. Include the following sfandard features: Bal- | ol
anced and floating + 4 inpufs and .
outouts « Calibrate/uncalibrate
swifches = Self-sync » Tape dump »
Edit mode « Full logic fransport
control » Servo controlled capstan
motor « Front panel input and outout L . ?f'
mode swifching « Universal power sup- '
ply « Rack mount. / i

@ Provide the foliowing opftions: Rugged,
steel-legged console « Transport case «
Monitor panel » Remofe control » Vari-
speed confrol « Balonced mike inpufs.

10. Support your finished product with a

worldwide parts and service
network.

\'.
§
B,
Lk
<

If you can do all of fhis for under $2100*—by all medns go
ahead! (Even Dr. Willi Studer would be proud of you.) But first, we
suggest you consult with your Revox Professional Products dealer.
He'll provide you with a ready-built PR9...s0 you can concentfrate on
building your reputation as an audio professional.

REVOX

Studer Revox America, Inc. » 1425 Elm Hill Pike « Nashville, TN 37210« (615) 254-5651

‘Manufacturer's suggested list price 52095.00. Contact decler for further pricing informaron.
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