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Hearing our full line is believing.

We've been helping the professional audio
world to sound better since 1948. Every one
of our products—from our low-cost portable

to our top-of-the-line multi-
track recorder—deliver that

special Ampex Sound
people love.

When it comes to
professional audio,
we've got you covered.
Our audio family
includes: the cost-
efficient ATR-700,
the worldly ATR-800
designed to meet
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international broadcast standards, the
incomparable ATR-100 %" and . mastering
recorder, the rugged MM-1200 multi-track,
and the advanced ATR-124 multi-track
analog recorder. For details about any
exciting member of our profes-
sional audio family, call your
local Ampex representative,
or contact Willie Scullion,
Ampex National Sales
Manager, Audio-Video
Systems Division, 401
Broadway, Redwood
City, CA 94063
(415) 367-2911.
AMBPEX

£mpex Corporaton = One ol The S:.gaat Compan.es 6|

)
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Now you don’t.

The Garner Audio Tape De-
gaussers are truly the most
flexible and thorough audio
tape erasers available. With them,
You can erase cassettes, reaels,
and cartridges in just four
seconds. And, we guarantee
that your erasure will meet the
most stringent recording
standards. It really is a case of
“NMow you hear it...

Mow you don't."

GARNER INDUSTRIES, INC.
4200 Mo. 48th 51, Lincoln, Nebraska 88504
Phone [40Z) 464-5011

1 There'smore
to hear...

Just write Garner Industries for
more information:

NAME
TITLE/POSITION
COMPANY
ADDRESS

cITY

STATE ZIP
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THE KEN POHLMANN
FAN CLUB

KEN POHLMANN,
MEET SUE BISHOP

To T EDIOR:

Mr. Pohlmann’s dream of The Audio
Computer s a reahty! Digital Music
Systems markets a general-purposce
audio computer as described in vour
article “The Audioprocessor™ in the
I'heory and Practice column of the July
1982 issue of dh.

Our DMX-1010 Computer Sound
Processor 15 a general purpose audio
signal processor capable of replacing
most of the signal processing units faund
in recording studios. including delay
lines, phasers, flangers, tape echo units,
reverb  units. graphic and parametric
equalizers. compressors and limiters.

The DMX-1010 includes a PDP-
It 03-compatible computer as well as a
DMX-1000 Signal Processing Com-
puter. The 11,03 provides the user with
the hardware necessary 10 run a wide
range of business applications software.

The DMX-1000 is an ultra-fast mini-
computer designed specifically tor
digital audio signal processing apptica-
tions and can be casily programmed inan
intuitive way 1o perform almost any
synthesis or processing function.

We sineerely share Mr. Pohlmann’s
vision of the future of the recording
industry and took forward to the time
when an attdigital studio will be the norm.

SUE Bistor
Digital Music Systems, Inc.

SUE BISHOP,
MEET RICHARD FACTOR
TO THE EDITOR:

Thank you tor prinung Ken Pohl-
mann’s article about our SP2016 digital
signal processor. For some mysterious
reason. however, he seems to have left
out the model number and photograph.
o repair this omission, L am enclosing a
photograph and a few words about the
hardware realization of his scheme.

Scriously. his last paragraph (Cht's a
great idea -why hasnt someone mar-
keted a general-purpose audio computer
yet?”} is something ol a slap at us and
the other manufacturers who have
manutactured and marketed such devices
for quite some tinw. To be sure. the
complete generality that he wishes for
isn’t here vet. primarily due 1o the dif-
ficulty of software development. but
we're damn close.

RiCHARD FaCTOR
Vice President
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' Coming
MNext

Month

¢ Next month will be our (always popu-
lar?) nuts ‘n bolts issue. Tom Hay of
MC1/Sony tackles the problems associ-
ated with studio powering and ground-
ing, we'll take a look at what’s new and
unusual on the product scene, and also
feature important topics that are often
overlooked. Of course. all our regular
departments and our roster of cotumnists
will be on hand. All this coming in No-
vember’s db—The Sound Engineering
Magazine.
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Before you invest in
new studio monitors,

by,

consider
all the

angles.

No one has to tell vou how impor-
tant flat fregueney response is ina
studio menitor. But if vou judge a
monitors performance by its on-axis
response curve, voure only getting
part of the story.

Most conventional monitors tend to
narrow their dispersion as frequency
increases, 5o while their on-axis
response mav be flat, their off-axis
response can roll oft dramatically, Titer-
allv locking vouinto the on-axis “sweet
spot.” Even worse, drastic changes in
the horns direetivity contribute signif-
iwantly to horn colorations.

Introducing the
JBL Bi-Radial
Studio Monitors.

At JBLweve been investigating
the relationship between on and off
anis frequency response for several
vears, The result is a new generation
of studio monitoers that provide flat
response over an exceptionally wide
range of horizontal and vertical ungles.
The sweet spot and its traditional
restrictions are essentially eliminated.

The kev to this improved perfor-
manee lies in the unique geometry of
the monitors’ Bi-Radial horn! Devel
oped with the aid of the latest com-
puter design and analysis techniques,
the horn provides constant coverage
from its crossover point of 1000 112
to bevond 16 k2 The Bi-Radial
compoutid flare configuration main-
tains precise control of the horn’s
wide 100° £ 100° coverage angle.

L. Barent applicd for.

Professional
Products
Division

JbL

1 ., o
. R
'I_i’/\l;'d/ herizontal

v .\7 \\. N:'. H / ,#‘ JJ i"

wl s
Tvpacal vertical

And the Bi-Radial horns perfor-
mance advantages aren't limited to just
beamwideh control. The horn's rapid
flare rate, for instance. dramarically
reduces second harmonice distortion
attdd its shallow depth allows for opti-
mai acoustic alignment of the drivers.
This alignment lets the monitors fall
well below the Blauert and Laws
criteria for minimum audible time
delay discrepancies.

But while the Bi-Radial horn
offers outstanding performance, it’s
oniv part of the total package "'he
new monitors also incorporate JBEY
most advanced high and low fre-
quencey transducers and dividing
networks. Working together, these

Circle 31 on Reader Service Card
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Polar response conparison of a typieal teo-
way coaxtal studio monitor and JBLs nevs
430 Bi-Redial studio moniror from 1 411z
10 10 k=,

Sary

BRI AL horizontal

b S

components provide exceptionally
smooth response. high power capa-
citv. extended bandwidth, and
extremely low distortion.

Judge For Yourself

Of course, the only way to reatly
judge a studio monitor is to histen for
vourself. So before vourinvest in new
monitors. ask vour locul JBL. profes-
sional products dealer for a Bi-Radial
monitor demonstration. And consider
all the angles.

James B. Lansing Sound. Inc.

8300 Balboa Boulevard

PO, Box 2200

Northridge. California 91329 U5 AL

HBL narman international

2861 1990100 QP
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THE EXPANDABLE SYSTEM 200
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Fiter D|splay Bm-db-'l I'..'I-crn-rcr:.- Cariral input Ot
Humluﬁun T o and Cipdions
Advanced Microprocessor Controlled Real Time Analyzer.

Featuring:
* Interchangeable Fitters
* 45 dB Dynamic Range

+ 3 Smoothing Time Constants * 3 dB. 2 dB or 1 dB Resolution

» Simultaneous Peak and * Bpilt-in Pink Noise Generator
Average Processing * 15 V Microphone Power

* Oscilloscope and Plotter Drive

« Optional Function Generator

+ 16 x 31 High Intensity  « 0.5 dB Precision
* T.; Measurements

LED Display
* 8 Non-voiatile Memories

All Functions
Microprocessor
Controlled
Plug-in Options
Available

\D M€ instruments, inc.

P. 0. Box 698, Austln, Texas 78767 « 512/892-0752 « TELEX 776409 WHITE INST AUS

Circle 42 on Reader Serviee Card

known for its Academy Technical
Achievement Award winning console designs. Now, all of

that perfformance and engineering excellence have been
combined into the new. cost efficient 248 Component Series.
® Variable Hi-Pass and Lo-Pass filters.

s As many inputs as you need, and
2, 4 or 8 mixing buses.

s Resettable, detented 3-band
parametric EQ with peaking
shelving and 'Q’ select.

& Full stereo/ mono capability.
e Exclusive building block housing
system,

Check the features, check the price. Quad/Eight does it again.
i quad/eighl eleciTtonics

For the artist in every engineer.

E 11929 Vose Street
Telephone: (213) 764-1516

—

Component Series

For 20 years, Quad/Eight has been

North Hollywood, CA 91605
Telex: 662-446 Quadfather LSA
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db replies:

Pohlmann is basically lazy. and de-
mands a processor that will do every-
thing. Since the SP2016 onlv does almost
evervthing. it dovesn’t qualifv. But seri-
ousle folks, 1o see Richard's photograph
fof the SP, noi of Richard). turns 10
“Digital Audio Processing” in this issue.
In the meantime. Ken's going 1o 1re 1o
get his hands on one or both of these tovs,
10 see what they e all about.

C’'MON KEN, GROW UP!

On page 8 of the July issue. vou allude
to Mr. Pohlmann’s age. | do hope that
wisdom will come with a little more of
i, since he does scem to be a quite knowl-
edgcable chap.

I am referring ta my old hobby-horse:
digital non-quality. Please let Pohl-
mann know that a straight wire can
never be a “program™ (July Theory &
Practice. page 16). A straight wire is
holy - amen-and we haveenoughtrouble
finding a really good. uncontaminated
one. with no capacitance. no inductance.
no magnetic distortion. no atomic aber-
rations, ete.

So it produces near heart failure to
read that it is possible to “.. . write a
straight-wire program.”™ In addition to
the more-than-onc. badly mangled.
noisily routed cable in this “straight
wire.”™ we still have A D and D A con-
verters working at a 20 kH/ sampling
rate. We know (and I do have faith in
vour agreement here) that nothing much
musical can come out. with a sampling
rate under 200 kH/. plus a filter allow-
ance. And don't forget the input and out-
put filters. which Pohlmann slipped
into the previous paragraph, as though
they were the most innocent passive
devices, whereas they are actually “vices.™
despite the misleading “de™ prefix (again
excused on account of vouth?).

As to converters. let Mr. Pohlmann
invest a little more. instead of sug-
gesting o “budget 12-bit system.™ and
go talk to the people at Analogies about
17 or 18 bits. At least his wire won't be
s0 crooked.

Who wants to hear such audio in
practice if’ the theory ix already xo sad?

Crris LanDAAs
Stuttgart, West Germany

Mr. Pohlmann replies:

Mr. Landmann, T have sinned! Just as
countless other lost souls have worked
within the confines of an emerging
rechnologe, I oconfess o experimenting
with fow sampling raies and limited
word length projotvpes, rather than
siteihng bach 1o wait for someone ele 1o
pertect the 2000k 1z svsienm vou deseribed.,

I heseeeh vou to \('m/ me vadr U/(/
hohby-horse, that 1 omight be rescued
and carried hack 1o the never-never land
of the all-passive system, in the holy
domain of Ye Siraieln Wire. (Amen?)
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Truly superior.
We'll prove it!

The Orban 429A
Gated Compressor/
Limiter/De-Esser

There are iots of production limiters out there. Old
favorites. Pretenders to the throne. The competition
is fierce. So, when Orban set out to design a new
production limiter, we knew it had better be
superior.

The result of our research is the “’Studio Optimod” —
a Gated Compressor/Limiter/De-Esser with versatile
controls, simple set-up, and a natural, transparent
sound that must be heard to be appreciated.

Try one and A/B it against your current favorite.
You'll notice the sound—remarkably smooth and
naturai over a wide range of control settings—even
at high compression ratios where apparent loudness
and punch are significantly enhanced. It's no acci-
dent: The unit is a direct descendent of our super-
popular, second-generation OPTIMOD-FM broadcast
limiter. So it exploits our years of experience in mak-
ing an AGC device sound natural on diverse pro-
gram material without critical re-adjustments. Yet full
versatility exists for special effects in production.

A bonus is a smooth, natural de-esser. It's indepen-
dent of the compressor/limiter section sO you can
simultaneously compress and de-ess vocal material
without compromise. You can even de-ess sibilant
vocals which have been mixed with other program.

The icing on the cake is unique gating and “idle
gain” functions which prevent unnatural noise-
producing gain variations during pauses and abrupt
gain changes when the unit is switched in.

Our new Model 424A (dual channel) and 422A
([single channel] are destined to become the new in-
dustry standards in dynamic range control. Prove it
to yourself. Contact your Orban dealer today.

orban

Orban Assoclates Inc.
645 Bryant Street

San Francisco, CA 94107
{415} 957-1067

Telex: 17-1480

Circle 27 on Reader Service Cardd
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" THE FIRST CHOICE YOU MaY

NOT HAVE KNOWN YOU HADM

(T e A

I/Fron- Audio Op Amps,

= giscreie or hybrid

un- A series of Cards for
« 3%" Card Frame — “IMPAC”

OR GHOOSE FROM:

= Audio Op Amps = MIC Preamps
= Line Amplitiers = Equalizers
= Phono & Tape Preamps
= Switcher Cards = Oscillators
= Yoitage Gontrol Amplitiers
m Distribution Amplifiers
= Monitor Amplitiers

= Gompressor Amplitiers
»

u

u

Gonsole Input Modules
Bipolar DC Power Supplies
Mounting Frames & Accessories

D MORE TO COME!

un- Panei Mounting Gomponents
= 1Or new ¢esians or petrofits

Usually In stock or dellvery as Dromised

P.I “MAP a good sound future”
| |

o MODULAR AUDIO PRODUCTS

® A UNIT OF MODULAR DEVICES, INC.
50 Orville Drive ® Airport International Plaza /

Bohemia, New York 11716 8 51B8-587-9620

Circle 46 on Reader Sevvice Card

FM Wireless Intercom!

Superb, interference free, intercom up to %
mile! FCC certified and license free. Five 7
channels available. Comfortable; lightweight; 1
only 11 ounces without standard 9 voit batt-
eries. Soft, foam-filled, vinyl ear cushions
provide excellent acoustic seal, reducing am-
bient noise. Interface capability with "hard-
wired” systems. VOX accessory available for
"Hands Free” operation. Available in single or
double ear models. Also hard hat.

@ Theatre Crews

® TV & Film cameramen,
producers. directors

® Football coaches.
assistants. spotters

® Manufacturing
personnel

® Secunity personnel

® Language translators.
@ Tour directors.

Request Builletin-4V
for TR-50 and other
FM wireless models.

INTERCOM

MCDEL TR-50 $297.

» Manufactured by
,ﬁn -Columbia g3l Products

Company. Incorporated

2008 St. Johns Ave., Highland Park, IL. 60035
E(312)432 7915 TWX: 910-692-2160

'
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JUST THE FACTS, PLEASE

o Tur Enlior:

Your July editorial makes several good
points. especially about being in the
middle of the spectrum between trade
papers and professional journals, That is
precisely why I find db se useful. between
tuelio on one hand and the Journal of
the Audio Engineering Society on the
other. Keep up the good work.

But the “unemploved™ cxpert is not
the only alternative to company people
touting their own products. How about
more users. or experts in other com-
panics (wow!). or more outside reviewers,
or vour own staft if possible? Other
magazines (Audio. Consumer Reporty,
Htigh Fidelity, Stereo Reviewe, among
others) usce them. and credibility s
enhanced.

“Facts may need supporting cvidence:
opinions certainly don’t.™ Not so, if an
opinion sounds like a conclusion based
on facts. "We feel that such-and-such s
the most cost-effective material ... ”
docsn’t belong in an article in db without
evidence, let along proof. Your authors
should put up or shut up when theyv're
selling their own product.

As for the publication lag in profes-
stonal journals, a year or moreis atypical,
but sadly isn’t rare.

Seriously. the more db sticks to facts,
and limits opinions to those supported
by facts. the more it serves its readers.
We get cnough hype in the mail and clse-
where to welcome a little objectivity.

JOHN K. M ajor
General Manager
KCMA. Owasso. OK

db replies:

Well. we still think that there's a place
for opinions here in db. even if those
opinions can't be supported. In fact,
supporting evidence is what separaies
facts from opinions. and there should be
room in these pages.

But Mr. Major does make a very good
point abowr geiting a wider selection
of authors published in db. He're alwars
looking for new names 1o add to our lisi
of authors. However, these are hard 1o
come br, as most seem 1o prefer reading
the facts fand opinions) of others. rather
than sharing their own.

dnvone interested in breaking our of
this ru, please get intouchwithus! Fame
ot much) and foriune (even less) can be
vours, but first we have 1o know where

rou're hiding.
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Crown PZNM T microphones are
found in good company. Recording
studios and sound engineers concerned
about quality include PZM in their inventor
ol “hest™ mikes.

There are pood reasons tor that.

The eatraordinary reach and clarity of PZM mikes
adds extra dimensions (o miking set-ups. and can often
stmplity the setup. An overhead PZM. plus aribbon or
condenser mike for extra emphasis on the snare. is often all
you will need for a deum kit

PZN can alse add guality to the recording. One skeptical
svmphony orchestra conductor listened to a tape recorded
with only two overhead PZM mikes. and joviully admitted

them ideal for podiums. especially on TV,

PZM is also hecoming the microphone ol
choice tor theatrical productions. especially musi-
cals. 180° pickup with no ~off-axis™ problems. and
accurate pickup at over 30 feet. make them indeed worthy off
wp billing

Send for vour free copy of the latest issue of PZMemo.
the Crown newsletter of PZNM ideas. Among other worth-
while items on how and where to use PZM. vou'll soon be
reading the details of a new. totally redundant ¢lip-on PZM
mike. To stay up-to-date wath PZM technology. just fill in the
blanks below and send this corner of the ad to Crown, It
could get you star rating on vorr next performance.

- . Name
that 1t was the tirst time anvone had recorded what he heard
on the podium Auadress =
Ihe low-protile. “hidden™ look of PZM mikes miakes City Suate Zip

() Ccrown.

...WHEN YOU'RE READY FOR REAL!
1718 W. Mishawaka Rd., Elkhart, IN 46517, (219) 294-5571

Distributed in Canada by REMCRON ELECTRONICS LTD.. Dan Mills, Ont. - {416) 441-4007
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BARRY BLESSER

& Digital Audio

Digital Filters: Part Il

e Most of the audio engineering com-
munity learns the art ot design in the
laboratory., We all remember our tirst
analog tilter as o simple resistor-capacitor
lowpass filter driven with an oscillator
and measured with a meter. T he discus-
sions on digital tilters have, in contrast,
tended to the abstract. Perhaps then, it is
time to do a laboratory experiment. Since
very few of us have programmable signal
processing cquipment with the required
software development systems, we will
choose a programmable calculator as our
laboratory tool. Like the signal processor,
the caleulator can be programmwd. The
difference 15 only a matter of speed and
input mechanism. Nevertheless, we can
build filters with the caleulator. | his tool
alyo allows us 10 illustrate the art of pro-
gramming & signal processor. Any pro-
grammable caleutator will do tor the fol-
lowing examples but the tlustrations will
be bused on the 11-58 59.

EXAMPLE |

I he tirst example will be a ten-point
transversal filter as shown in FiGgere 1.
L he essentul elements i this ilter are a
ten-stage delay system and ten multiphi-
cations. We Hirst must consider two as-
pects ol the design problem. How shall
we select the coetlicients. and how shall
we write a program? lor the moment. |

will focus on the second ol the two
questions.,

The most important structural aspect
ot the progrim design is that for cach
input point there must be an output
point. In other words, for cach increment
ol the time clock (sample). a new input
sample must enter the hilter, and a new
output sample must leave. The inputs are
just & sequence of values such as 15, 16,
9. 3.0.4. 23, 7,12, 43, cte. We, the out-
side world. agree 1o name these samples
in the order that they appear to us, ¢.g.
sample Hosample 2, ete. Tune s not really
time in the elock sense. rather it is just a
way ol keeping track ol which output
data is connected to which input data. It
our calculator had a varving speed of
computation. hence a non-uniform time,
it would not aftect the digital filter. Only
A D and D A comverters have a rela-
tionship between sample index and real-
world time. | hat comes from the tact that
the sampler has @ frequency term ex-
pressed in units ol sample-index second.

ITERATION

We next note that a given output sam-
ple. }o (where #2 1s our count mdex). s a
tunction ol [0 mnput samples: \, through
Xo—o. This is true for any s, 'l he program
operation which computes }y will be the
same as that which computes }y exeept

www.americanradiohistorv.com

that # 1s changed. This clearly suggests
that the program necd only be written to
compule one outputl sample: such a pro-
gram would then be repeated tor cach
additional sample. However, the pro-
gram does need a way of self modihica-
tion since the index # must change lor
cach computauon. Ot course, one vould
write 4 purely manual program which
computed ), with one set of equattons,
tollowed by another program which
compuled Y with another set ol equa-
tions. cte. | his program would be as long
as the number of output samples we
would need o compute.

li. however, the program iswriltenin a
general way with a tree mmdex a2, then on
cach wteration, the index 15 meremented
gincreased by 1),

DELAY LINE

I'he first step in the implementation is
the creation of 4 program segment which
compules the delay line. Since a delay
line must hold previous values, we need
10 registers for this function. Fhey will
hold the previous information. Let us
select the group of registers from Reg 10
through Reg 19 for storage. To turn the
registers into a delay line, we need to
write @ program. The most direct form
13 shown below with the notation RC i,
for "Recall the data in register i and place
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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 time to
set up lines of communication. Knowing that, Shure has de-
veloped a microphone 1o keep both you and the story 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 vour crew
has to do is just patch it straight into the transmitter connec-
tion of the nearest telephone. .. call your station, and they're
home free. 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 love ® Evanston. IL

its low mechanical handling noise. rugged 60204, (512)

construction and reliable operation over a 866-2335.
THE SOUND OF THE PROFESSIONALS®... WORLDWIDE

Circle 18 on Reader Service Card

variety of temperature, humidity and wind conditions.

lts built-in limiter kicks in at 100 dB SPL. pre-
venting overload of the microphone’s internal line
amplitiers.

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

If you're in the broadcast operations ENG.

EFP business, you know there are lots of ways
to get a live storv—even more wavs 1o 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..

www.americanradiohistorv.com
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Delay line

Registers

O 10

13 14 13

Xn

Xn 1

Xn 2

Xn-3 Xu 4 Xn-3s

16 17 l I8 19 1
9

Xn 6 Xn-7 Xn-8 Xn

Figure 1. A ten-point transversal fiiter.

iin the Noregister.™ and ST 7 for “Store RC 14 $ transters data from Ihe sign $ is being used to indicate i coni-
the data in the N-register into register . ST 15 Reg 14 1o Reg 15 ment. One of the important parts of
A program might lm.)k as follows: RC I3 $ transfers data from programming is to keep good comments
Program S Connnents ST 14 Reg 13 10 Reg 14 near the code to help in the debugging
RC I8 S translers data from RC 12 $ transters data Irom and understanding. Just like there s
ST 1Y Reg 18 1o Reg 19 S 13 Reg 12 1o Reg 13 good laboratory practice with analog cir-
RC 17 $ transler Jdata trom RC 11 $ trunsters data trom cuits, there is good laboratory practice
SH s Reg 17 to Reg 18 5112 Reg 1 to Reg 12 with soltware.

RC 16 S transfers data from RC 1 $ translers data lrom We should also note the step indicated
ST 17 Reg 16 to Reg 17 ST 1l Reg 1010 Reg 11 by (get new data) which is a dummy op-
RC 15 $ trunsiers data tfrom (get new data) S new data to be stored eration. This means that we present the
S l6 Reg 15 10 Reg 16 ST 10 in Reg 10 task but do not indicate how we will

' prehenswe Iogsc system ahd hea
equalization. Available in 4 mainframe sizes for up to 24
mono or stereo inputs, a full line of accessories is provided
for custom tailoring to individual requirements.

d .o one a.mphfl

. s acom-
wﬂthcaL#

200 Series
On-Air
Broadcast
Control Console

from music program-- —. |-
ming to newsrooms. | @

CIMonitoring and ®
Communications 0
for Two Studios on

ClEqualizers S—

CJCompressor/Limiter/

Noise Gates P
LI Remote Controls
[JRedundant Powering OuditroniCS. inC.

CIClock & Timer Model 218

3750 Old Getwell Rd.
Memphis, TN 38118 USA
Tei: (901) 362-1350
Telex: 533356

Cirele 47 on Reader Service Card
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can achieve music reproduction this pure.

The Technics Digital Ca

No tape hiss. No wow and flutter. Not even head contact
distortion. With the digital technoiogy in the Technics
SV-P100 Cassette Recorder, they no longer exist.

Utilizing the Pulse Code Modulation (PCM) digital
process, the SV-Pi100 instantaneously translates musical
notes into an exact numerical code, stores them on any
standard VVHS cassette, then “translates” them back into
music on playback. Duplicate tapes are exactly the same
as the original. Thus, every recording and every copy is
a "master.” :

The revolutionary size of the Technics SV-P100
Cassette Recorder (17"x11"”x10"].is the result of state-
of-the-art semiconductor technology. The built-in
videotape transport mechanism brings the convenience
normaily associated with conventional front-loading
cassette decks to a digital application. Tape loading is

ette Recorder.

completely automatic. And, frequently used controls are
conveniently grouped on a slanted panel with LED's to
confirm pperating status.

Despite its compact size, the SV-P100 Recorder
offers performance beyond even professional open-reel
decks. Since the digital signal is recorded on the video
track, the space usually available for audio can therefore
be used for editing “jump” and “search” marks. The unit
employsithe EIAJ standard for PCM recording. And, in
addition, editing and purely digital dubbing are easily
accomplished with any videotape deck employing the
NTSC format.

The Technics SV-P100 Digital Cassette Recorder is
currentiy available at selected audio dealers. To say that
it must be heard to be appreciated is an incredibie
understatement.

Technic

The science of sound.

Circle 17 on Reader Service Card
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Better Than A
Guarantee

You only check a guarantee after variations from one reel of 456 to

something goes wrong. another or within a single reel.

You can check the strip chart No other brand of tape under-
in every box of Ampex 2" Grand goes such rigorous testing. And as
Master® 456 as our assurance a result no other brand offers you
that nothing will. the consistency of Ampex Tape. A

Which is why we test every reel consistency that lets you forget the
of 2' Ampex 456 end-to-end and tape and concentrate on the job.

edge-to-edge. The strip chart of
the test results tells you that you'll

get a rock-solid readout with
vitually no tape-induced level AM pEx

Ampex Corporation « One of The Signal Commipanies :l

Ampex Comoration. Magnelic Tape Diision 4 out of 5 Professionals Master

*1981-1982 Biltboard
8rand Usage Survey

www.americanradiohistorv.com
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Figure 2. Simulating a delay line with

a programmable calcuiator. In the first
column, it1s seen that all tenregisters (10-
19) conlain zeroes. In the second column.
a 1 is entered and stored in register

10 (RUN STO 10). At the bottom of the

implement that task. 1t v being post-
poned until we deal with the mechanism
for entering new data. 1f we wish to test
this program segment, we might actually
enter the data by hand. 1his brings us 1o
the subjeet ot testing. 1t 1s much more
ditticult to test a complete program than
Lo test it segments. o test this pro-
gram. we nught add the following.

1 he beginning location of the program
must be specified it we wishto start there.
Let us assume that the start is address
000, then, we add a final step at the very
end: GOTO 000, The program will now
loop. To get new data, we might replace
the (get new data) with an R S which
stands {or RUN, s10P. When this step is
actine, the program will stop to allow us
to enter the new data. We then press the
R S kev to continue, 1ty running the
program. At the tenth iteration, re. the
tenth data input, the lirst input point will
at last appear ut the output of Reg 19;
atter [ eveles. thesecond input point witl
appear there.

1 he soltware program iy analogous to
a hardware implementation using shitt
registers. Fach ol the storage registers
corresponds to one element in the shitt
register. At cach evele, the data s moved
along to the next element. In the hard-
ware implementation, all of the data can
move at the same time on one edge ol the
clock. In the sotftware version. cach activ-
iy becomes a separate step. Henee, we
must unhoad Reg [¥ betore it is loaded.
b Tor this reason that the program is
written starting from the higher registers
(longer delavs) rather than from the
lover registers (shorter delays). we had
written in the wrong way, we would have
tound that out during the debug activity.,

column. the 1 is recalled from register 10
and stored in register 11 (RCL10STO 11).
In the next column. a 5 is entered. the
sequence repeats. The 1 moves up 10
register 12. and the 5 moves into
register 11. By the time the nex!-to-last

It s interesting to note that the pro-
gram s analogous to wiring hardware.
By changing the program. we can make
the function completely different, The
ten  registers  were  originally  uncon-
strained. but our program wired them
together as g shitt register.,

ALTERNATE OPERATIONS

Witha little more experience. we'll find
that the program can be improved by
taking advaniage of another program
operation called EX 7 (Exchange the X-
register with Reg ). This operation does
two things simultaneously. Data is
swapped between two places on one step.
Now our program can be re-written to
run somewhat faster and to use about
half of the memory space 1o do the same
function, 'the new program is as follows:

Program S Coment
{get new data)
EX 10 S new data stored in Reg 10,

old data transferred to
X-Reg

EXTlI 8 X-Reg data from Reg 10
stored in Reg 11, old Reg t
data transterred to X-Reg.

EX 12 $ same but Reg 12

EX13 S same but Reg 13

EXi4 S same but Reg 14

EX 15 S same but Reg |5

EX16 S same but Reg [6

EXT7  $ same but Reg 17

EX 18 3 same but Reg t8

EX 19, S same but Reg 19

I'his new program is very much like
the old program in terms of the algo-
rithm, but the coding has been changed.
Functionally. we will see the same resubts
in cach register with both programs. In

www.americanradiohistorv.com

column is reached. the 1 has traveiled the
length of the “delay line.” and appears at
the output (RCL 18). By the final column.
the 1 is no longer in the delay line.

other words. coding changes usually do
not change the results as observed from
outside the program. At the end of an
iteration. all the data is the sume in the
ten registers. However, the new coding
is more efficien: in terms of memory
space and running time.

Both programs have the property that
increasing the number of taps for hnger
filters will result in a longer program.
I'he data-line size 1s proportional to pro-
gram speed and program space. With a
long enough deiay line, the cateulator
will run out of storage capacity and we
would have to buy a more powerful proc-
essor (calculator). Alternatively, we
might consider the case where speed was
an issue. Assume that we wish to mahke
the program faster, but that we don't
have enough space. In this case we might
invent another algorithm to achieve the
same result in less program steps.

RUNNING SPEED

Running speed s usually proportional
to the number of instructions which
necd to be executed 10 perform the de-
sired tunction, Memory space is the size
of the program. In our cxamples, the
two programs are both proportional to
the delay line length, An analysis of the
program shows that the program is bur-
dened by the fact that # picces of data
must be moved tor each input data point.
Consider an algorithm in which the in-
put data is parked in the appropriate reg-
ister and we just change the definitions
of the registers with each iteration, In the
previous algorithms, cach register had a
unique name. ¢.g. Reg 19 was the data
after ten delavs. Our new approach will
keep a separate register for the “name”

2861 1290100 qp
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Noise Suppression
&
Protection

Power

Model PS-1

The PS-1asa power line condihionimg amil
destened el d " ent from
high vollage transicots and RI interfetem e
IThree ne I rodicale e phasiog
fihe ¢Lone W wiound connedtions.
N latching relay help noond amp speaher

danage due ta poswer up fransients generated
allesr o tengg 1 Aok suur
laca e fa

A ] Linear & Digital
| Systems, Inc.
V ! 46 Marco Lane, Centerville. OH

45459 (513)439 1758
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Audio Tape

for professionals

=

REEL TO REEL TAPE
Ampex, 3M. All grades.
On reels or hubs

CASSETTES, C-10—C-90
With Agfa, TDK tape

LEADER & SPLICING TAPE
EMPTY REELS & BOXES
All widths, sizes.
Competitive!
Shipped from Stock!

Ask for our recording supplies catalog

Poly _ . 31212085300

1233 Rand Rd. » Des Plaines, IL 60016
15

Circle 28 o Reader Serviee Card

intormation. We call this information a
pointer. New input data is planned i the
register specilied by the pointer.

Let us deline Reg 00 as the pointer
register. We now consider the algorithm
to be. "Place the input data in the neat-
Mghest register compared to the previous
teration.” For enample. if the last data
was placed in Reg 14, place the new data
in Reg 150 T'he pointer Reg 00 keeps
track of where the data is to be placed.
the first input data is placed in Reg 10,
the neatinReg L the nextin Reg 12, ete.
T he problem comes when we reach Reg
19 {the end of our selected register group).
The algorithm is then given a special
case: when placing data into Reg 19,
change the pointer to 10 instead of 20.

1he sequence continues. Another way of

looking at the algorithm is to say that
the ten registers are arranged in a ring.
Reg [ tollows Reg 10, Reg 12 follows
Reg 1L Reg 19 tollows Reg 18, and Reg
10 follows Reg 19, This algorithm has a
very interesting advantage over the pre-
vious algorithm. Each new entering data
point must be stored in a seleeted place
and the pointer indicating the place must
be computed. Previously, all the data
had to be mosed. A 30-clement delay line
would have required 30 data transters in
the old approach but only requires |in
the new!

Such a program is casy 1o write be-
cause the caleulator has a lunction ealled
IND (indirect). The operation ST IND O
does not mean store the data i Reg 0.
I he instruction mieans store the data in
the registers “named™ by Reg 0. 11 the
information m Reg 0 way 14, then S|
IND 0 would place the datainto Reg 14,
This program step does all of the data-
transfer work lor the cntire program.
Howeser, we must now write o program
seginent which computes the poimnter
values.

We wish the pointer to inerease in value
once per iteration but 1o reset to 10 when
it reaches 19, The increment tunetion is
relatively casy to implement. The direct
approach would be:

RC O $ get old value ol pointer
placed in x-register

+ $ add

[ S

= S compute sum

S10 S replace result in Reg 0

Maore compact would be the program
which uses the SUM { funcnion sinee this
can add directly into a register without
bringing the data in the X-register. The
program becomes:
I S increment value
SUM 0 S add direetly to Reg 0.
A sull more compact program segment
takes advantage ol a special built-in in-
crement lunction. This would be:
or 20 Sdirectly increment RegOby |
Again we see that there are many ways
to code an algorithm, but the choices de-
pend on the characteristics of the cal-
culator hurdware,

We are now ket only with the complex
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task of the reset activity. This reguires
a test to determine it the pointer is at 19
and it it iswe must resetitta 10. A test can
be explicit or implicit. T he explicit test
might be the following:

RCO $ recall pointer trom Reg 0

x-1 $ place daw i s-register

19 S data comparison refer-
enee

It X2t

GOTO B S test: if Nois greater than

or equalto 7 then goto B,
otherwise continue

10 S reset value (executed
only if test failed)

Slo S reset Reg 0 (executed
only if test lailed)

Label B S place to enter from test
above

oP 20 S normal increment fune-
lion

This program contains a “branch test.”
The IF...GOTO means that asegment of
the code will be skipped if the test is true.
In our case, the shipped code contains the
reset function which places 10 in the
pointer register. Normally. the pointer is
incremented. All of this sounds good. but
tltis kind of program code is error-prone.
In lact, the code we have written con-
tains several errors which we would lind
il we tested 1. Lhe increment function
always runs. even when the reset is active,
Hence. the reset will result in 1. not 10,
inthe pointer. A lix could casily be added
such as changing the 10 (reset value) to 9.
I'his takes into account the inerement
tunctiosn.

Another example ol this kind ol pro-
gram using the implicit reset function is
shown below. | his code uses the “mod-
ulo™ tunction.

RC O $ get pointer [rom Reg 0
$ subtract 10, hence shilting

poimnt range trom 0 1o 9

10

= $ result ol range shilt

10 S divide by ten creating range
of 010 09

= S result

FRAC!L S strip off integer part leaving
tractional remainder

X

10 $ turn fraction back into
0109 range

= $ result

+

10 $ add 10 to shilt range
back to 10 to 19

= $ result

ST0 $ new pointer

By subtracting t0 and dividing by 10, the
FRACT tunction strips oft the | if the
original pointer had been 200 'hus. 20
maps to 10.

NEXT MONTH

1 he diseussion on building w digital lil-
ter with a caleulator will continue next
month. That article will not be compre-
hensible without this one. It would be a
good ideii to put this ivsue away until next
month. [
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Toa spe
components

give more power to more

aker

professionals.

1. HSH-65% Sectoral Horn 2. HRH-851 Radial Horn (large size) 3. HRH-651 Radial
Horn (middie s1ze) 4. HRH-311 Radial Horn (Small size) 5. HLS-3806 Low-
trequency Speaker 6. HLS-3006 Low-Irequency Speaker 7. HLS-3010 Low-
frequency Speaker 8. HLS-3812 Low-frequency Speaker 9. HNW-353 Dividing
Network (3-way) 10. HNW-251 Dividing Network {2-way) 11. HPF-151-8 High Pass
Filter 12. HFD-651 High Frequency Compression Driver 13. HFD-352 High
Frequency Compression Driver 14. HT-371 Horn Tweeter

Toa speaker components are the product of
years of Toa experience with sound reinforcing
equipment and with the dedicated professionals
who use them. To ensure that these experts
have all the sound quality, efficiency and
durability they've come to expect in speaker
components, we've designed ours to do more.
Toa offers 15 & 12 inch woofers with an
edge-wound copper ribbon voice coil and high
flux density ferrite magnet; radial and sectral
design horns with 90° horizontal and 40°
vertical dispersion; highly efficient compression
driver units with smooth reproduction
characteristics (power handling of 20W and 60W
continuous pink noise); a tweeter with a newly
developed exponential oval horn to ensure wide
dispersion. And to make sure all these units
work together at their best, Toa also provides

an ultra-smoothly operating high-pass filter and crossover network.
The professionals at Toa put more into their speaker components so the pros who use

them have the best possible audio.

Toa is also looking for professional-level dealership enquiries and
OEM arrangements to help meet growing demand for the full line of high quality
Toa sound proeducts. Contact Toa for more information

TOA ELECTRIC CO.,,LTD.

ADDRESS:2-1 TAKAMATSU-CHO. TAKARAZUKA, HYOGO 665. JAPAN

.5}‘1: Sound& MAILING ADDRESS: P.O. BOX 702, KOBE PORT. JAPAN PHONE: 0797-71-2211
Communications

CABLE: TOAELECTRIC TAKARAZUKA TELEX: 464150 TOA PA

s For further information, contact your n2arest Toa office:
WEST GERMANY Toa Electric Deutschland G.m.b.H.. Kaiser Wilhelm Str. 89. 2000 Hamburg 36. West Germany

PHONE: 040-345742,/344213

U.S.A.:Toa Electronics, Inc..480 Carton Court, South San Francisco, Ca. 94080, U.S.A. PHONE: 4 15-588-2538

Circle 33 on Reader Service Card
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JOHN EARGLE

» Sound Reinforcement

Sound Fields, Part 1

® ['he influence of sound lields on the
performance  of sound remtorcenient
systems s @ protound one. These ficlds
determine the attenuation of sound with
distance, and henee the loudness of re-
inforeed sound at a particular distance.
I hey aiso determine the nature of reflec-
tions antd reverberation and, indirectly.
the system™s degree ol speech intelli-
gibility. o this month’s column, we will
deal with stcady-state sound fields. both
in and out of doors.

Small area on

Point sphere

source

Total area = dar?

(A)
~-Small area
on sphere
Total ares = 4m2)* = loam?

1By

Figure 1. The inverse-square law
relationship.

SOUND FIELDS QUT OF DOORS:
INVERSE-SQUARE LAW

In a wvpical outdoor environment,
there are lew reflections. and the sound
ficld is called a tree field, or direct ficld,
I we mieasure sound pressure as we move
away lrom a point source ot sound in a
free field. we will observe that it talls oft
almost exactly 6 dB per doubling of dis-
tance. he reason tor this 1s shown in
Fiatrr AU A we hanve a point souree
located at the center ol an imaginary
sphere of one meter radius, and we want
to nicasure the intensity (watts m?) ot
sound at some small arca on the surlace
of that sphere. Now, letus moveonto the
situation shown at B, Here, the same

= Observation point
=7 (close-in to array )

{A)

> = =y Observation point
L] .
- __——:_;;:'_ (at twice the

- distance)

(§:3}

Figure 2. The inverse relationship of the
line array.

pomt source ol sound s placed at the
center ol a sphere of two meters radius.
I'he area ol this Larger sphere s fowr-
times that ot the smaller sphere. and the
intensity of sound observed at the samie
small arca will be one-fowrti that ob-
served with the smaller sphere. A power
ratio of Yy represents a level difference ot
6 dB. and thus tor cach doubling of dis-
tance trom the point souree. we will ob-
serve a drop ot 6 dB. This relationslup is
known as the inverse-square faw, and it
can be summed up in the {ollowing
cquation:

Level ditterence =

10log(d, do) = 20log(d, ).

In this equation,  i1s the distance at
which we make our measurement, and
el is the reference distance. The nomo-
graph ot F1GURE IC provides a conveni-
ent way 1o read inverse-square relation-
ships directly,
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Relubive level, dB

Most loudspeaker components used in
sound reintoreement systems, if observed
at normal operating distances of, say., S
meters or greater, behave substantially as
point sources, and the inverse-square law
can be used to estimate sound pressure
levels over normal operating distances.
A 1ypical case lollows:

A horn, driver combination has 4 sen-
sitivity rating ot F15dB, | walt at | meter.
What SPL will be observed at a distance
ol 23 meters in the free field with a power
input of one watt’

Level difference =
20log(23, 1) = 27 dB, and theretore,
115 — 27 = 88 dB-SPL.

Referring to the nomograph of FIGLRE
1C, we can read the value of 27 dB di-
rectly above the number 23, We should
note that this nomograph can be used
tor deternuning relative levels using any
consistent set ol dimensions, melers or
feet.

We do not normally have the occasion
1o observe the tall-olf of sound from a
long extended line array of sound sources,
since these are rarely used in sound rein-
torcement work. However, il we were to
measure the sound pressure level at, say
100 meters from a busy freeway, and
then move out to a distance of 200 meters,
we would observe that the level would
have fallen only 3 dB. the reason tor
this 1s shown in FIGURE 2. AL AL we are
relatively close-in to the line array (of
freeway tratfic), and only a few of the
individual radiators (that s, vehieles)y in-
luences the sound pressure kevel. At B,
tarther away trom the line array, more
clements 1n the array influence the ob-
served sound pressure. | he rule govern-
g this s known as the verse faw, and
ity ginven below:

Level ditterenee = 10logld L),

o~ Insverse seiare conponent

ol
A o
_______ A e———
N
12 S SR I . W 1
1] N\ 2N aX AR 16X

Log distanee from source

Figure 3. Attenuation o! sound indoors.
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The original is
still the greatest.

JH-110B High Profile Cabinet

We at MC! are very flattered that the JH-110 Series has become
the most imitated professional recorder in the world, espe-
cially in view of some simple facts. Only MCI has been making
professional recorders for professionals, and consoles to
match for 25 years. Only MCI has risen above '‘Hi-Fi"
hype to publish complete performance curves on all its
magnetic recording instruments for any professional to
read and understand. Only MCl's transformerless
design can deliver square wave response second to
none in the industry. And only MCI sells its products
through a small, carefully selected network of dealers
who stand behind every product they sell. So if you're
considering a new professional tape recorder in any for-
mat, take a close look at MCI. And discover the original.

JH-110BX Variable Profile Cabinet

A Division of Sony Corporation of America

1400 W. Commercial Bivd., Ft. Lauderdale, FL 33309 USA, Telephone (305) 491-0825 Telex 514362 MCI FTL

Cirey
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X
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o Steady state level = | Steady state level
= e Sle-
2 =]
2 2
g s
u -
I~ =z
—_ - -
Time Time
{ A} Build-up of reverberant {B) Decay of reverberant

sound

sound

Figure 4. Build-up and decay of reverber-
ant sound.

As betore, o is the measuring distance,
and ¢, 1s the reterence distance. The
nomograph of FiGurt 1C can be used
here as well-- it we remember to halve
the level we read in dB.

INDOOR SOUND FIELDS

Let us assume that we are in a fairly
reverberant room. It we walk slowly
away from a sound source, we will hear
the sound level drop oft rapidly at first,
and then taper ofl to a lairly constant
value, beyond which it will not drop
further. This s depicted 1in FIGURE 3.
Note that there is a direct field compo-
nent, which dominates close to the source,
and a reverberant field component, which
dominates at greater distances.

I'he reverberant tield represents energy
storage in the room. It builds up when a
source of sound 1s turned on, and it de-
cays tor some time after the sound source
is turned off. When viewed in terms of
decibels, the growth and decay curves

are as shown in FIGURE 4A and 4B. We
normally measure the decay rate as re-
verberation time, the time required for
the reverberant tield 1o decay 60 dB atter
the source of sound has been turned off.

It we know a tew acoustical parameters
ol the room, we can determine the re-
verberation time as well as the steady-
state level in the room for a given trans-
ducer operating at some given input
power. The equation we are most fa-
miliar with for determining reverberation
time is the Eyring equation:

0.15V

—Sin(l —@ (h

Ton =
In this equation, #'is the room volume 1n
cubic meters, § the total surface area in
square meters, and @ 1s the average ab-
sorption coelficient of all the surfaces
(walls, floor and ceiling) in the room.
(For example, if @ = 0.2, this means that
0.8, or B0 percent, of the sound energy
striking a surface will be reflected, and
20 percent will be absorbed and dissi-
pated as heat. Using English units, the
preceding equation is written:

0.049 V

lv= Shha-o 2

If we can measure, or estimate, the re-
verberation time of a room, we can ar-
rive at the average absorption coetficient
by rearranging Equation (1):

a=I1—exp(—.15+/8D 3

In this equation, V and § are the mea-

sured volume and surface area, respec-

uively, in cubic meters and square meters,

and 7'is the observed reverberation time.

Knowing &, we can move on Lo a new

quantity, R, the room constant:
Sa

l—o

R= 4

It 8 1s measured in square meters, then
R will have the units of square meters.
Likewise, if § is measured in square feet,
then R will have the units of square leet.

We are now in a position to determine
the actual reverberant field level in the
room. Referring to FIGURE 3, the shape
of the attenuation curve is given by the
tollowing equation:

wre = g w [ €4t
pressure = g, W[41rx = 5)

8 meters

Figure 6. An indoor sound reinforcement
system.
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THE PROFESSIONAL'S CHOICE

2 1710A Professional Distortion Analyzer

PR <

0o DTN —

The Sound Technology 1710A Professional
Distortion Measurement System has estab-
lished itself as the industry standard of the
professional audio market.

Why?

The Sound Technology 1710A combines
a pure sine wave generator, a high resolu-
tion total harmonic distortion analyzer. an
accurate AC level meter and an intermodu-
lation distortion analyzer in one instrument.

The Ultra Low Distortion oscillator outputs
a pure sine wave signal from 10 Hz to

110 kHz with the output level being ad-
justable from +26 dBm down to -89.9 dBm in
0.1 dBm steps. That is a clean signal even
at24.8 uV.

Completely floating and balanced signal
source circuits in the 1710 allow you to drive
virtually any circuit — whether balanced,
unbalanced, off ground, or whatever, with
no loss of level and no ground |oops.

RF Shielding built into and around the 1710
makes it immune to RFI. Referring to the
1710's 10 volt/meter RF rejection, one engi-
neer labeled it ‘Bulletproof'.

S sounD
1 TECHNOLOGY

1400 DELL AVENUE

CAMPBELL. CALIFDRNIA 95008
Telephone: (408) 378-6540

Telex: 357445

[ T |
T\—-JIﬁ .l -

—_—— GENES TR CUT. 1 T

5000

Nulling is automatic; punch up your test
frequency and the 1710 simultaneously nulls
the fundamental frequency.

Selectable RMS, Average and Peak
responding meter circuits allow you to mea-
sure to accepted standards quickly.

With the 1710 you can measure THD down
to .002% in less than five seconds, IMD
down to .001%, Volitage from 100uV to

100 V full scale, measure Power in dBM
and measure 100 dB Signal-to-Noise ratios.

Push a button and reject hum and high fre-
quency noise with the built in 18 dB/octave
filters (400 Hz, 30 kHz and 80 kHz). Flip a
swilch -0 seiect either a 150 or 600 ohm
source impedance. Terminate the output
signal for fast S/N measurements with the
push of a button. To check the 1710's output
level, punch in the analyzer select button; it
throws the cutput signal right into the an-
alyzer, no cable switching, fast and easy.

See for yourself why the Sound Technol-
ogy 1710A is the standard for the Audio
Professional. Contact us for full information
and the name of your factory representative.

AES BOOTH #207

©350und Technology 1982

Circle 13 on Reader Service Card
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Ihis rather-complicated eyuation gives
the value of pressure in newtons meter”

Probable arlicululion loss of consonants. percent

10

We know from our previous calcula-
tions that the reverberant level at any

tor any value ot x. H s the acoustical point in the room is 96 dB-SPL. There-
power, and p.c is the characteristic P lore, the direct-to-reverberant ratio s
acoustical impedance ol air. () is a new E . 86— 96 = — 10 dB.
guanuty. the directiviy factor ol the radi- Z
ator. |he directivity tactor is the ratio of z INTELLIGIBILITY CRITERIA
sound intensity measured along 4 ghen z . S T
axis of aradiator ata givendistance, com- £ \_\'1“ A5 535“"1 e I
pared tothe intensity observed atthe same z baL,k IO (OTS B GO LD G160
distangce when the same acoustical power z csu.mutc U# this, we refer 1o the data of
is radiated omnidirectionally. Itis a mea- 1 EE S hcs)c TR et T A (G
sure of how directional a device s, or how = LS RS ol Peutz B UG 0 R T
much “throw™ it has. give an estimate of the likely intelligibility
s L ! : ol a sound reinforcement systemi. Peutz’s
15 10 . L 5 criteria are based on the tact that the ex-
L he tirst term inside the parentheses of Direct-la-reverberant sound ratio. decibels cessive overhang ol reverberation cre-
Equation (5) represents the direct field Figure 6. Probable intelligibility as a func- ates a Kind of "noise™ below the direct
component, imersely proportional to x| tion of reverberation time and direct-to- speech level heard by the listener. 1he
and the second term represents the steady- reverberant sound ratio. (Chart developed tonger the reverberation ume, the higher
state reverberant ficld level. It we equate from data published by V.M.A. Peutz in the the direct-to-reverberant ratio must be
the two terms and solve tor x, we will de- Journal of the Audio Engineering Society, In order 1o preserve a4 given degree of
termine the point along the x-axis where Vol. 19, December, 1971). intelligibilty.
— — — = — — —
%\l”“ ATy Dielay el aunalliary T
\ S ~ |mll§tr Four swels of distributed {and progressisely delayed) loudspeakers
™~ e ~
§ ® ‘\ \\\ \ \‘\_‘ ® %\\\ %\\\ \\\ ?\\
’ i ~ \ \ ~ A\ ~\ ~ A N
i | 1 S \ \ ~d ~ ~ h
» ] ~ o i A AN AN W
'_L—A'l' ! S~ A\ . A \ N S ~ \ \\
~ 3\ AY ~ \ ~ Y
(A) (B)

both ficlds are equal. | his pointis known
as critical distance, D..

Qv = 4R
= (R 6
N =y UR e =14y QR (6)

Equation (6) is independent ot units; if
R 1s measured in meter’, then £, will be
in meters. The same holds for feet.

Now let's pick a particular radiator,
place it in a particular room, and then
determine the reverberant lield level. A
typical 90 degree by 40 degree horn
driver combination will have a sensitivity
ratuing of 113 dB, I watt at | meter,and a
Q ol about 12. Let us place the horn
driver combination in a room which has
a reverberation time ol 2 seconds and
whose dimensions are:

length = 20 meters,
width = 15 meters,
height = 8 meters.

we

Figure 7. Two approaches to distributed
systems. (A) a central array with auxiliary
loudspeaker, and (B} progressively
delayed small iloudspeakers located on
each side of the auditorium.

Ii we power the horn, driver with one

walttl, we know that the value of the direct
and reverberant fields will be equal at a
distance of 7 meters,

thus:
[13 —20log(7/ 1),
113 — 17 =96 dB.

The actual level at D, along the major

Level at 7 meters

axis of the horn, will be the sum ot both
fields, or 3 dB ubove 96 dB.

DETERMINING THE DIRECT-TO-
REVERBERANT RATIO

Through a simple set of calculations,
have determined the reverberant

field tor a given transducer, room, and
power input. By comparing the tixed re-

First we calculate the volume and sur-
face arca:

verberant field level with the inverse-
square

component anywhere 1n the

roon, we can determine the ratio of the

i 2400 meters
S 1160 meters”.

Now, using Equations (3) and (4):
= 1.15, and
= 208 meters

If

a
R

1w, an important concept in estimating
the intelligibility of reintorced specch.

In the case we are studying here, the

horn has as its largest throw a distance
ol about 21.5 meters, as shownin FIGURE

5. By inverse-square law, the direct lield

level at 21,5 meters will be:

Using Equation (6) to lind .
D, = 7 meters.

Level =
113 — 201log(21.5 1) = 86 dB-Si’L..

www americanradiohistorv com

I'he curves of FIGURE 6 indicate that
the system we have just analyzed will
have acceptable-to-good™ articulation.

But what it the room had been consid-
erably more reverberant. and the system
had not met the criteria? Then the
options open to the designer would be:

l. Increase R by adding absorption to
the room. This has the eftect ol lowering
the reverberant sound level in the room
as well as shortening the reverberation
time,

2. Determine whether or not a horn
with narrower coverage angles can work,
The higher value of directivity factor will
result in a lower reverberant field fevel.

3. A final alternative is Lo go to some
kind of distributed system, one in which
all or part of the auditorium would be
covered by a multiplicity ot small loud-
speakers fairly close to the listeners and
driven at tairly low levels. This approach
maintains a higher direct-to-reverberant
ratio, while providing a relatively low
reverberant level in the room. Two pos-
sible approaches to this are shown in
FIGURE 7.

Next month, we will continue our
study of sound ficlds. noting the charac-
teristics of highly absorptive and senu-
enclosed spaces, as well as the time vary-
ing aspects of sound fields. [ ]
REFERENCE
Peuts, V. M, AL Articelation Loss of Con-

sonants as a Criteria for Speech Vransmis-
ston i a Room. J. Audio Engineering

Societr, Vol 19, No. T p. 915 (1971).
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IF YOU MAKE
LOTS OF THESE,

p i \«\,mm

L 29113500 A -

s |2

WE’LL
SHOW

If you're not already in the high-quality, high-
speed cassette duplicating business, maybe
you should be.

It's a high-profit business
when you do it for somebody
else. Or. if you buy cas-
settes in large quan-
tities. it's probably
about time you seri-
ously considered bring-
INg your needs in-
house. Either way.
you can't lose.

If. you chose the
right equipment to get
the job done.

Like Otaris proven
DP-1010 Series system. |
Ilt's a 16:1. high-speed pro- |8
fessional duplicator. The
DP-1010is CRO? capable
for the growing premium
cassette markettoo. It's also the

Need more? Easy. Add up to nine more
slaves, an optional loop bin, and you can be up
to 6,000 cassettes per day. Or—anywhere in
between, if you have to take things a little

slower. The best news yet
‘__ is that you don't need an
army of technicians to
run the Otari DP-1010.
Fill in the blanks
and send this coupon
to Mike Pappas at
Otari. He'll tell you how
to get into the busi-
ness of duplicating pre-
mium guality cassettes.

Please rush me fu

techmcal information on

the following
DP-1010.16:1 High
Speed Duplicators
DP-7000.64:1 High

Model DP-1310
Master Reproducer &
because it's expandable_ With Modei DP-1510 Siave Recorder
the basic system pictured here, you can pump
out more than 600 high-quality recordings per

kind cf investment that won't
trap you into a corner. That's

day. For under $16,000.00. One Master Re- Name
producer, one Slave and one high-speed winder

for custom length loading (winder, Mode! i
DP-2700 not pictured) Address

(L r1e wew workvorse -

Otari Corporation, industrial Products Division
2 Davis Drive. Belmont, California 94002
(415) 592-8311 TWX 910-376-4890

me immediately.

© 1982 Otar Corp
Circle 15 on Reader Service Card
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Speed Duplicators
DP-2700. High-Speed
Wincer/Loader

Vv-0. Video Loading
Equipment

Title

Zip

optional) Please contact
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KEN POHLMANN

' Theory & Practice

The Sal-Mar Construction

® Once or twice a year 1 have the
pleasure. and challenge. of reacquainting
misell with one of the worlds great
music-generating systems. 1t has more
instruments than a ssmphony orchestra,
but fewer players than a tlae duo. It
doesn’t hinve any input transducers. but
hias 28 output ones. It is three meters
high. two meters wide. one meter deep.
weighs 1000 kilogrinms. but can be plaved
only by lightly touching it with yvour
fingertips. 1t is perhaps the most
saphisticated real-time music composing
and performing instrument ever built.
Chances arc. vou'se never heard of it

Once or twice a yvear | drop my
toothbrush and logic analyvzer into my
stitease and Iy 1o Urbuna. llinois. My
triend and mentor Sahvatore Martirano.
professor of music composition at the
University of Hhinois. meets me at the
airport and we go out to his house. and
into his studio. We spend three or four
days there cheeking the system. wading
through the incredible intricacies of the
hyvbrid circwntry. When alt is readied we
dismantle it. put it on a truck or plane.
and accompany it to Chicago. Stony
Brook. Houston. Brussels. lTokvo. or
wherever, We spend another two davs
rcassembling and checking the instru-
ment. and preparing the performing
space. Phenatsome point, Sal draws upa
chair for a couple of hours of improvisa-
tion on the Sal-Mar Construction.

In 1971 while Fwasstillunving to figure
out sener breukdown, Martirano as-
sembled o team of electrical and com-
puter engineers including Borovece,
Divilbiss. Franco. and Noggle. and
proposed the construction of a new type
ol synthesizer. The machine was to be
unlike any previowns clectronic musical
instrument in that it was to produce i
completely svnonvmous machine music
logicil output. Rather than using analog
ciremntry or @ computer to generate
sounds. the processors in this instrument
were actually to be plarved in real time.
I'he instrument was to offer a vast
collection of musical parameter possibili-
tics  and ways to algorithmically choose
and influence those and future possibili-
ties  thus determining both course and

destination of the algorithm. In etfect.
both the composition and the instrument
upon which it is performed are created in
real time. The instrument’s conception
wirs intrinsically based on its ability 1o
simultaneously accomplish composition
and performance. that is. improvisation.
By defimtion, musical improvisation
imolves imventing possibilities and then
realizing them acoustically for the
listener. The possibilities must also be
uniquely selected. That is. they must be
recanciled compositionally with respect
to the history of the past selections in
order to present a musically interesting
result. To offset the complexity of those
simultancous tasks. and to pernut a new
fevel of real-time music composing. the
Sal-Mar was devised.

A SINGLE REAL-TIME EVENT
Traditionaltly. music-making has been
a lengthy process distributed in time and
among sarious individuals. In conmven-
vonal instrument building. the designer
is faced only with the problem of
choosing the instrument’s character-
istics  such as timbre and loudness, and
the kind of mechanical actions needed to
develop duration. crescendi. tempi. ete.
Meanwhile. the traditional composcer has
created a score. compositionally working
out pleasing structures which can be
performed upon the instrument. given its
lmitations —such as range and the
technigue required. The performer. in
turnn. takes the completed instrument.
masters its technigue. and applies it to the
finished score. Finally. in the case of an
orchestra. o collection of such plavers.
under direction. performs the score upon
thetr instruments. The Sal-Mar s an
attempt to consolidate these processes
into a single real-time event. Since it is
plaved improvisationally. the roles of
composer and performer are consoli-
dated. and since the nature of the
imstrument is alwavs uniguely devised,
the role of the instrument builder is also
consolidated. Finallv. since the Sal-Mar
has 100 output channels. the orchestra
itself is consolidated. Thus. the entire
music-making process has been designed

www americanradiohictorv com

into a single system. for execution by a
single composer designer performer. in
real time.

The secret to that accomplishment is
not so much the invention ofa marvelous
machine. as it is a carefully considered
svstem which facilitates the human
operator’s ability to successfully deal
with the complexity of the situation. The
tasks to be divided between man and
nuichine were defined such that the
human operator was given the task of
choosing possibilitics in sound parameter
and algorvithm. and compositionally
emploving them. The machine was given
the job of creating most of the possibili-
tics. and devising most of the musical
characteristics such as timbre, pitch.
duration, ete.

To take advantage of the most
desirable properties of analog and digital
design. a hyvbrid design was executed in
which analog circuitry is generally used
tor sound generation. and digital cir-
cuitry is used for musical parameter
control. All of the analog sound modules
are programmable devices. whichdepend
on digital information for their control.
That information takes the form of
control sequences which consist of a
series of binary words which are ad-
dressed und delivered at the appropriate
time. in real time. o achieve an efficient
control svstem. that information flow is,
once again. divided according to the
tasks imvolved. The machine is able to
generate its own controf sequences from
feedback shift registers and memorics. A
programmable. rather than fixed. leed-
back function is achieved through a
modulo-two adder with programmable
patterns of active inputs. A broad range
of sequences. many of aseful musical
value, offers a collection of composi-
tional clements. But in a given musical
context. onh a small number of the
available parameters might be usetul.
Thus information filtering must be
accomplished to constrain the available
information within an appropriate linit.
Programmable window detectors are
used to create this scheme to scale and
thus best utilize available information for
a given context. A central unit ereates the
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ALTEC LANSING— the — |

choice of sound professionals
for over 50 years.

1674—4-Channel Automatic
Microphone Mixer shares
gain among individual mics in

mu ti-mic set-up. Increases \
gain of in-use mics, lowers
othars for hands-off mixing.

1678—8-Channel Automatic
Miaophone Mixer with same —]
fealures as 1674,

1688—2-Channel Mono/——M
Ste-eo Mixer/Preamplifier.
Includes phantom pawer,
mic and line level inputs.

1651—Single Channel
Graohic Equalizer with 10
1-octave, active filter
seclions. Up to. =12 dB
boost/cut with center
detented slide controls.

1652—Stereo Graphic

THE BEST-DRESSED RACKS
GO BY THE BOOK.

-z 1690—8-Charinel Stereo
Mixer/Preamplifier for sound
reinforcement, recording and
mixdown. Linking connectors
allow coupling additional
1690s for expanded
versatility.

1620—Acoustic Feedback
Suppressor automatically
detects feedback oscillations,
lowers gain and adjusts

system to optimum level for
hands-off feedback control.

-1692-—6 in, 2 out Mixer/
/Preamplifier. Each input with
volume, gain, high pass,
phantom power and optional
remote volume control.

1699—6 in, 2 out Mixer/
Preamplifier/Mixer Extender.
“Link out” feature provides 12
independent channels when
paired with 1692.

Equalizer with same features —
as 1651 for each channel.

1268—Stereo Power
Amglifier. 60+ watts/channel

into B ohms 20 to 20kHz at \
less than .03% THD. 200 N

watts/mono. Optional line
transformers for balanced
inpuz. Computer protection of
amp and load.

1269—Stereo Power

Ampiier. 120+ watts/ __— |

channel, 400/mono, with
- ormance and

| __—1653—¥%-Octave Graphic
Equalizer with 29 active filter

prme el i N L RO sections, 25 to 16kHz. 18

LI RS E L e dB/octave continuously

? variable high and low pass

] filters.

1270—Stereo Power
Amplifier. 400+ watts/channel
into 4 ohms, 800 into 8
ohms/mono. Computer
circuits protect amp and
speakers. Fan cooled. VI
limiter helps the 1270 handie
the toughest loads. -

Altec Lansing's Black Rack Book— Black Rack Book
featuring Altec's new line of power amps, A LT EC P.O. Box 3113
mixers, equalizers and related electronics. IEE NPT IEW , - aheim CA 92803

Precision-matched for optimum sound

power and control, Altec's components Name -

work together for increased system

efficiency and performance. For the Address .

ultimate in custom-tailored sound for ; ;

your system, send the coupon to: City, State, Zip_
Occupation__

Circle 14 on Reader Service Card 5 Aliec Corporation


www.americanradiohistory.com

db October 1982

28

contral sequences and the windows
through which they are biased. the
sequences are circulated through mem-
arv. and addressed by programmable
modulus counters for dynamic param-
cter control.

MACROSTRUCTURAL AND
MICROSTRUCTURAL

The human operator is also able to
generate control sequences. but anly an
the level at which he may efficiently
participate. to distinguish that. control
sequences are classified as macrostrue-
tural or microstructural. Microstructural
sequences aftect individual character-
istics of the sound modules themselves.
Since this real-time instrument designing
aceurs too fast for human participation.
the microstructural seyuences are all
derived from the system’s collection
generators. Muacrostructural SCYULCTICES
are used to deterministically manipulate
the microstructural sequence generitors.
which are designed to be externally
programnuible. Since microstructural
sequenees oceur at muchslower rates. the
human operator is given the option of
creating his own macrostructural se-
quences. Fhus, through a single gesture,
the operator s able 1o initiate complex
and very rapid contral patterns.

tn the automatic mode. the svstem™
macrostructural sequence gencrators are
control the microstructural
sequence generators. Lhe choice of

used to

EHL-15 CO-AX
200 Watts
103 dB M/IW
Double Spider
15 Inch

MILA

For complete information cai
714-632-8500 — 800-854-7181
EMILAR CORPORATION

1365 N. McCan St.
Anaheim, CA 92806

Circle 10 on Reader Service Card

Sal-Mar Construction Concert at SUNY at
Stony Brook. L.i.

manual or automatic operatien in this
aspect of the machine’s structuring is
made by the human operator with one-
bit sequences to information steering
devices comprised of 1wo-to-one data

selectors. To permit one more level of

control, the macrostructural sequence
generators are alvo programmable. by
the human operator, The design coneept.
integral to the system. of sequences
controlling other sequences, is an
example of how the svstem’s nature
corresponds ta the nature of compaosed
music. !firough designed structures such
as these. the burden of detail can be lifted
from the human operator. The division
of tasks. and the hierarchy of structured
control. successfully solves the problem
ol the multi-level complexity inherent in
music. The svstem could be likened to
that of a conductor and an orchestra, in
that the operator is mainly concerned
with macroscopically guiding and de-
tlecting an event which occurs both
because of him. and in spite of him.

THE ORCHESTRAS

he music generating part of the
svatem is organized into Tour orehestris.
ciach accessible to the human operator
through o single demultiplexed multi-
plesed touch panel. Fhe decision to
employ four orchestras instead ol a larger
single orchestra permits cooperation and
contlict, and hicrarchical interplay
between the lour independent forees. The
control panel contains all the control and
data indictors necessary to set up and
enter operator input information to one
orchestra. and display system input
mformation and syvstem stiatus of one
orchestri. As 291 touch switches and
indicators are needed. the pancl is time-
shared between the four orchestras to
save cost and complexity.

Four digital oscillators are used to
clock the four orchestras o determine
hasic tempi, and can run awtonomous|y.
or according to a slaving rule devised by
Murtirano to configure the orchestris in
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hicrarchical time relationships. Fhe tour
clocks are slaved in an ascending
hicrarchy such that lower numbered
clocks can control the higher ones, but
not vice-versia. \s with the control
sequences, the choice of staving or not
slaving a given clock o one of the other
cligible clocks can be decided auto-
matically. or manually. Fhe operator,
however. decides on the mode ol
operation.

The archestras are comprised ol cight
voice modules, Fach voice module
consists of: a frequeney svnthesis cireuit
to manipulate pitches from 12 1o 20 equal
divisions per octase: a dual digital
warveshape generator to determine
timbres: a mixer modulator and pro-
grammable filter to control tonal
propertics. and anattenuator locator lor
spatial control. Voice modules are
interactive such that under mirtomatic or
manual command. one voice can modu-
late others™ parameters. For example,
one waseshape may modulate the
envelope duration. pitch, and spatiatity
ol three others. Two ol the orchestras
also contain a percussion ensemble of 16
instruments cach. Fhese instruments
consist o dedicated hardware. a trigger
cnvelope driver and a phasc-shilt
ascillator. to produce pereussive, damped
oscillations.,

An output systent is shared among the
four orchestras. It emplovs four vutput
channels through which cach orchestra
controls the directionality of its sounds
by programming its distribution among
the four channels, Programmable artiti-
cral reverberation saries the depth of
sounds. The output sssteny also employs
24 Joudspeakers. cach with 4 input
channels {one tor cach orchestral to
credate 96 more output channels. In
performance. the 24 loudspeakers are
suspended above the audicnce. and the
human aperator uses a representating
array on the touch panel to devise traftic
patterns through the loudspeaker array.
Ihus. sounds from every orchestra can be
routed to varving combinations of the 24
toudspeakers to create literal sound
travel through the performance space.

That i1s a cursary Took at an amavzing
musical instrinment and musical experi-
ment, the atlmination of a two vear
collaboration between a team ol engi-
neers and a componer. In a time of oft-
the=shelt thinking. it is heartening to
ohserve this superior way of approaching
questions  the way inwhicha problentis
uniquely explored and individually
answered. noa tne of commereial
answers. it is goad to see a truly artistic
response. What is the nature of composi-
tion and performance? How may tech-
nology be married to art? What Kinds of
inferactive roles can exist between men
and machines? The Sul-Mar s an answer
to those questions. And what does the
answer sound like? | sineerely hope that
one dav vou will have the chance to hear
it for vourselt. ]
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The latest editions of two important and well respected reference books
on sound and television broadcasting and engineering.
AN ABSOLUTE MUST FOR THE BUSY PROFESSIONAL.

138mm x 216mm Over 600 Black &
660 Pages (Approx) White Photographs
ISBN 0 900524 98 7 ISSN 0260-8537

YEARBOOK 1982/83 Casebound

The PRO-AUDIO YEARBOOK is an annual guide to products and
services for engineers and technicians operating in the world of
professional recording and sound broadcasting around the world.
Published in hardback arid containing over 650 pages, it contains
sections covering every conceivable pro-audio requirement. In
addition to the many product sections, there are sections covering
Engineering and Consultancy Services, Jargon and Journals,
Computer Services and Training, and an important section
providing full details of Mains Power Supplies in almost 200
countries.

The 19823 edition of the PRO-AUDIO YEARBOOK has been
completely revised and updated, providing even better coverage
of the ever expanding pro-audio market.

-
| 138mm x216mm Over 600 Black &
, 660 Pages [Approx)  White P
ISBNO 713211442 ISSN0140-2277

EARBOOK 1982/83 1 Fosene

To anyone engaged in the business of cummunicating via
television, the INTERNATIONAL VIDEO YEARBOOK should need
no introduction.

This lavish publication has, over the years, become an institution
to the buyer of television equipment or services around the world.
The first part contains over 70 separate sections covering every
conceivable type of video equipment ranging from cameras,
through Monitors, Effects, Editing to Video Recorders. In addition
there are new sections covering Airborne Video, Satellite Stations,
Antenna and Masts, Video Hard Copy and Portable Audio Mixers,
and of course the renowned International Television Standards
section.

The second part of the book contains the indexes, cross referenced
to the product sections, and giving full addresses, phone and telex
numbers and principal contact for over 2,500 companies ir the
video and related industries around the world.

S e A a0

iG>
TELENISION qygTEME anm 5E

Please fill in the coupon and return with remittance to:
Sagamore Publishing Co, 1120 Old Country Road, Plainview, New York 11803, USA.
{In NY State, add applicable sales tax)

| copies Pro-Audio Yearbook 1982/83 $54.00 eacl Name |
I Company Name !
copies Video Yearbook 1982/83 «  $54.00 each Address a
| | o
I Del $7.00 p Fo ai) Phone Number I @)
Signed a
Q
| .-
I Please charge my Access American Express Diners Club Mastercard Visa card number (please delete as appropniatel Card holders address must be used I (3
x} Card No Please send by Air Parcel (see above) | enclose a cheque for | 5
I Il) Please return the completed order form enclosing your full remitiance lincluding dehivery) or giving your credit card number, to ;m:;an:?.% I %
| e Sagamore Publishing Co, 1120 Old Country Road, Plainview, New York 11803, USA. I
{In NY State, add applicable sales tax)
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KEN POHLMANN

‘Theory & Practice

A New Approach

To Post-Production Audio For Video

¢ Most ol the post-production audio
svstems that | have seen used tor video
work in recent vears traced their origins
o the world of tilm. he servadapation
ol sprocket-hole synchronization to
magnetic audio tape. which is still guite
commonly used even in post-production
audio for video work, comes from the
world of léemm and 35mm Him.

Recently. | received a call trom an old
friend of mine. Gerald Kornbluth, whom
I knew from the davs when [ used to do
the tnorial narration for AV presenta-
tions for audio equipment nanufactur-
ing clients, Jerry serves as an engineer
and principal at A& Recarding Studias.
which he helped found in 1971 after
spending several years as an engineer at
Gotham Recording. also in New York.
His call to me this time had nothing to do
with A&J. however,

For nearly 15 years now. Kornbluth
has been collaborating with lrving
Robbin. a fully-trained composer and
Foimy award winner who also operates a
steeessful musie production firm. Acolus
Productions Inc.. with extensive credits
in film and television. The diverse
backgrounds ot both men led to an
audio-tor-video post-production ap-
proach that was not limited cither by
“Production”™ or “Fnginecring.™

Together, these two men have formed a
new company. ATC Rescarch Inc. The
companys preduct is a revolutionary,
broadcast cartridge-based music and
effeets insertion system that s already in
use for “hye-on-tape™ programs on two
of the three major networks. Design
decisions for their new svstem, 1 found
out, were made with a combination of
experience that descloped from many
vears on both sides ol the production
desk. After several years af research,
development. and refinement. the first
SVSIem was put inte operation at A&l
Recordings New York studio.

HOW THE SYSTEM WORKS

Jerry gave me a practical demonstra-
tion of the AT'C Rescarch System during
my visit 1o his stadio o few weeks ago.
Basically, it's a system tor selecting and
mixing music. sound effects. and voice-
over components in a film.videotape. or
amy other production format that can be
svnchronized to SMPTE or other time
code or frame count. The system uses a
computer-controlled bank of broadeast
cartridge tape players in conjunction
with dual-track and multi-track audio
tape recorders. Among the many capa-
bilities of the system is the ability to
instantly sclect. change. combine or
insert any audio component at will.
Repetitive start accuracy of the systent is
to within | 10th of one frame. With the
system vou ean instantly change the time
that an event is initiated. Up 1o 999
separate events (audio contponent starts)
can be programmed. The svstem allows
vou to instantly insert or delete addi-
tional audio cues, to synchronize all of
the audio components when desired and
to rehearse from dany pointin the planned
production. Automatic or manual
operation of all functions is possible at
any point and in any combination. It's
compatible with NAB standards (so that
cartridges  produced elsewhere can be
utilized) and with most standard audio
sweetening system components,

SYSTEM BUILDING BLOCKS

At least three increasingly elaborate
versions of the svstem are envisioned by
ATC Rescarch, Ine. The simplest one isa
manually operated svstem for the
insertion into a video or film production
of single-source audio components such
as voice-over segments, music or sound
effects. including the ability for selective
access to three components of the system,
These are the ATC Cartridge P'ro-
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grammer, a specially moditied Cartridge
Recorder-Plaver, and the ATC Scelective
Access Controller with remote controls.
The selective access controller is espe-
cially interesting and a key building block
in any of the systems. It is this device
which allows narration segments to be
encoded onto a single high-quality
broadceast type cartridge directly from a
rough-cut, Ya-inchstudio tape or leadered
tape recorded atany standard speed. The
deviee can then call up any desired
segment of the program for instant
replayv. during rehearsal. audition. or
retakes during the mix.

In a second. more flexible nunually
operated system. a total of five specially
maoditied cartridge plavers are added.
along with a remote control console for
the cartridge machines. a cartridge
machine bridge cabinet and an ATC
cartridge winding accessory. These
additions, along with an audio and video
package to be deseribed shortly. permit
the operator to insert nultiple sources of
audio compaonents such as voice-over
segments, music or sound effects into a
video production. The svstem also

Jerry Kornbluth at work on the ATC
Research Systern.
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provides the ability for selective access 1o
these camponents,

Ihe thicd. and more claborate ol the
systems s o completely programmable
computer controlled system. This system
v SMP L time code based and allows
lor trame-necuriate insertion ot all andio
components, with permanent storirge of
the insertion program for lter re-use. il
required. The system. when used along
with an audio and video pachage
deseribed below, allows the user to do
lully automatic frame-accuriate post
production and mining ot an andio track
lor a videotape. tn addition to the
clements deseribed earlier for the second
manual systeme thiscomputerized system
also includes a computer package with
dual dise drives, the necessary sottware
program and printer as well as an ATC
Machime Controller and Rowing Intertace.

THE AUDIO AND VIDEO PACKAGES
Ihe audio package supphed with
cither of the last-deseribed two svstems
include an 8-in 4-out mixer. a monitor
speather and amplifier. a0 2-track audio
tape recorder (Y-ineh} with noise
reduction, an B-track audio tipe recorder
(" -~inch) with noise reduction, a cabling
and pateh bay and a ssnchronizer (for the
moment, a BIN Shadow tspe) The
video pachage offered with these two
svatems consists ol g JVO 5500 saideo
plovers a VO 6600 sideo recarder
(madihicd by ATC Tor this apphication). a
video monitor. an SMP T Generator
Reader and the necessary cabling.

A TYPICAL POST-PRODUCTION
SESSION

Fasked Jdermy to outline the sieps that
mght take place inoa post-production
project using this sasteny. e deseribed a
tvprecal session as running through the
lollowing steps

[-irst. the client would prepareand edit
a videotape ol the nuerial to which post-

production sound was to be added. 1his
tape would be edited strictly (rom the
video paint ol view. The nest step might
be to record a “Userateh track™ and
perhaps finalize the seripts tming, The
client maght then decide. with the
aperiator ol the ATC svstem that 11
picces of music are needed. tor example.
I he required sound effects would also be
decided uponand recorded in the studio.
\s an auditioning procedure. the aundio
material might now be recorded in rough
torm on open-reelagainst %-tnch video.
Ihe main narration might also be
recorded at this time and might undergo
a rough cut 1o take out dead spots. ete.
I'he nextstep. and the one that brings the
ATC System into play. wonld be to
develop an edit-decision list. Next the
entire list of music spots, saund effects,
cte. would be prepared lor transferring to
the carts. Jerry estimited that in the
example cited. this might take onty abont
% of an hour with his syvstem. 20 minutes
or so s all that would be needed 1o
program-in the edit decisions, Carts can
be programmed mannallv, i the second
ssatem described s used, or they ¢an be
programmed completely electronically,

\s | watched Jerry actually gothrough
a demonstration of the system, using 4
recent Minolta Camera commercial that
he had done. 1 was amarzed at the
accuracy with which he was able to cue
spots on the multiple carts. He eaplained
that the carts hid been recorded not anly
with the cueing tones which hring ¢he
tipe o an exact point for subsequent
start up, but also had slow-down tones
recorded somewhat ahead of the cue
point so that the tape would not
overshoot the correct cue spots,

As lor the time-code svnchronization
aspects of the systeny, Jerey told me that
the system s ultimsately going 1o special
verticabimtersal tme code rather than the
more comentional longitudinal time
code. That is, instead ol laving down the

a

Ol S€€

t
u

a catalog and a list ol awer
dealars o Tha LISA and Canata,

Magrstst Referincs Labomatory, Inc,
279 Polarls Awe., Suits 4

Mountain View, CA S4043

[416] B&5-8187

E ve Export Apent:
Mew York, NY

>otham Export

e3ich

Vo guarantss
ed the performance

requirements af [EC, MAB, AES, and EIA
Standards

MAL Calibratipn Tapes are designed and
supparied by experts in magnetic recording |

band pink random n
method azimuth

Cirdde 12 on Reader Service Card

SMP1E time code on the longitudinal-
running tape tracks of the videotape. the
cade would be applicd between vertical
video Trames. The advantage of this
approach is that valid time code can be
read cven when in the still-lrame or
lreese-frame mode of the video picture,
since there is still relative tape-to-head
motion under those conditions. When
SMPPIE tme code is recorded on a
longitudinal track. it is. of course. not
available when in the freesze-frame mode
since the tape is then motionless relative
10 the stationary audio-tvpe tape heads.

Mhe ATC system will aceeptany andio
cartridge recarded to NAB specilica-
tions. and by utilizing the ATC cartrdge
programmer, cartridges can castly be
produced in dibrary format tar series
production. or individually recorded for
specific production.

1 was particularly impressed by the
potential cost-clfectiveness of the ALC
systen. hanving watched the amount of
studio time required Tor smilar post-
production efTorts nsing technigues that
were not really designed for the applica-
tion to which they were beingapplied. As
Kornbluth was quick to admit. his ATC
sistems may not be the answer toevery
single post-production andio-for-video
problem that anvone has ever come up
with. but it was clear o me that it was
developed by a pair of men who have
spent a good part ol their lives inaudio
and video and are therelore heenhy avware
of the particular problems that are
repeatedhy encountered in these medi.

I vou'd hike more information about
the ATC System. orif vouare in the New
York arca and would like a demonstra-
tion ol this novel svstem. vou can reach
Jerry Kornbluth at (212) S41-9385. You
don even have to el him | sentvou. |
think he and his pariner Irv Robbin have
came up with a system that can make life
a lot easier tor the post-production and
audio-tor-video engineer A

2861 1890120 qp
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@‘; Editorial

California Here We Come

As thix issue reaches your mailbox, we're about ready
to pack our bags and head for the airport. Official db
business demands that we go to Disnevland. Ellen Lane
at Karson Travel scems skeptical:

“Aren't vou a litde. er...marure (she was thinking,
*old) for a vacation at Dispevland? How about
Acapuleo? |ean get yvou a nice double for. ..

“You don't understand. Fllen. This is business.™

“C'mon. gimme a break. will vou? By the way. il vour
publisher calls. where should | say you went this time?”

“Fllen, I'm telling vou  business!™

“OK. OK. whatever vousay. Hey Richard, he says he's
going o Disnevland on husiness!” (Laughter.)

Fhis little scene is probably being acted out all around
the country, as countless hundreds (thousands. mayvbe)
get ready 1o join Mickev, Donald and all the gang at the
ALS 72nd convention -the first-cver at a Celifornia fun
spot (unless vou count the downtown 1.A. Hilton as a
California fun spot).

Actually. the convention is taking place at the
Disnevland Hotelo and not atop Magic Mountain, as
sonte industry observers had been hoping for. Others are
speculating whether the AFS version of future-world on
display in the hotel will out-draw the attractions
surrounding it. We shall see.

Perhaps the festive atmosphere will help distract
comentioneers from the bleaker realities of doing
busines in countrics outside the Magic Kingdom. We'll
see about that too.

Here. in the real world. people are thinking twice  at
least —about taking on any long-term financial
obligations. You don’t nced us 1o tell vou {but we will
anvwav): car sales are down, home sales are down,
vacation travel s down, and the price of evervthingis up.

Is this the time to travel across the country to be
introduced to even more high-tech (that is. high-$$) pro
audio hardware? Apparently. it is. People just can’t wait
until happy days are here again  they want all that neat
digital stuff, and they want it now!

Maybe it's a testimony to the basic validity ol the
digital audio concept, which seems to be attracting more
and more of our attention these davs. If so many studio
owners are prepared to go digital despite the cconomic
gloom. there must be something to it. bevond the mere
novelty aspect of acquiring the latest audio “toy.™

In this issue of db (nice seque. huh?) Anthony Agnello
and Mark Clayvton describe signal-processing capabilities
that are almost bevond the comprehension of the analog-
only mind. Meanwhile. Murray Allen cautions us against
forgetting why we're in the studio in the first place. And
Ham Brosious suggests a wayv of staving in that studio
without blowing vour entire fortune (if vou still have
one).

Maybe these three features should be packaged as db's
Sort-of Survival Guide to the "80s: Learn what’s new.
dor’t Torget what’s old. and keep an ¢yve on your bank
balance. If yvou keep that in mind at the convention. you
may even have enough money left over for one of the
rides. See vou on the mountain,  JMW
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In vears past, the Studer ABOVU has earned wvice-
spread acceptance bv the world’s premier recording
studios. And this success story is tar from over: top
studios continue to choose the A80VU MKIII over other
“all new” machines. The secret o this success lies in
three basic rules:
1. If it can’t be made better, don't change it.
2. If improvements can be made, make them —even
if' thev don’t show on the outside.
. Use longer production runs to hold down final
cost.
Now in its third generation, the Studer A8OVU series
once again oflers state-of-the-art performance at a
surprisinglv modest price. The new A80VU MKIII svs-
tem incorporates several significant improvements,
including:
* Transformerless Line Amps: Law output

[

impedance assures opti-
mum performance even with
long cable runs.
* New Headblock: Tight spacing of
erase and record heads permits excep-
tionallv accurate punch-in and punch-out.
* Remote Unit: Full channel remote with 20-
address memory autolocator.
Instead of repackaging these changes in an “all
new” machine, Studer kept the basic transport — a de-
sigr: with an unprecedented reputation for reliability.
Also, because basic tooling costs have long since been
amortized, the A80VU MKIII’s price has been held
down, thus offering a better price/performance ratio.
How much better? Call vour nearest Studer rep-
resentative for details. He'll help make our secret the
kev 10 vour success.

STUDER -=/005¢

Studer Revox America, Inc. « 1425 Elm Hill Pike, Nashville, TN 37210 (615) 254-5651
Offices: Los Angeles (213} 780-4234 - New York (212) 255-4462 - Dallas (214) 760-8647 Canada: Studer Revox Canada, Ltd.
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== CONTROL MODE
COMMAND PROGRAM PARAMETER

EEE

—v———=ADJUST/SELECT —————

Eventide

SIGNAL
PROCESSOR

MODEL SP 2016
POWER

EVENTIDE’S NEW EFFECTS PROCESSOR
REVERB PuTts A WHOLE NEwW WORLD OF
SPECIAL EFFECTS AT YOUR FINGERTIPS.

EVENTIDE TAKES THE NEXT STEP INTO THE
FUTURE WITH THE SP2016, THE WORLD'S FIRST
TOTALLY PROGRAMMABLE AUDIO SIGNAL
PROCESSOR. FOR OPENERS, IT'S THE BEST

SOUNDING, mosT VERSATILE [
EEERETISITEE] o/c1TAL REVERB EVER. YOU

HAVE FULL CONTROL OF REVERB PARAMETERS
(DISPLAYED ON AN EASY-READING ALPHA-

numeRric REaDouT) NS
EESEYEIEEERE] NCLUDING SOME YOU'VE
NEVER SsEeN BEFORE: [lelelulaeIbatend
EEEREERTTE] 8uT REVERB 1S JUST THE

BEGINNING. WITH AVAILABLE PLUG-IN SOFT-
WARE, YOU TAKE CONTROL OF A WHOLE NEW
WORLD OF SPECIAL EFFECTS:

[DUAL DIGIPLEX] — Even
OUT-OF-THIS WORLD SOUNDS.

YOU CAN CREATE AND STORE DOZENS OF

PARAMETER PRESETS FOR LATER RECALL:

ERERER LTSS 7= SP2016 TESTS
ITSELF EVERY TIME vyou TurN IT on: [ElRECRE
IT CAN EVEN HELP YOU WITH HOW-TO-USE IN-
STRUCTIONS. JusT AsK... [ Hl i i ad

BEST OF ALL, YOUR SP2016 cAN NEVER
BECOME OBSOLETE. WE'LL BE ISSUING NEW AND
UPDATED EFFECTS REGULARLY. JUST PLUG THEM
IN. AND WHEN YOU GO DIGITAL, HERE'S GOOD
NEWS—YOUR SP2016 CAN HANDLE SIGNALS IN
AND CQUT IN DIGITAL FORM. YOU MUST SEE AND
HEAR THE REVOLUTIONARY EVENTIDE SP2016
EFFECTS PROCESSOR/REVERB. IT'S A WHOLE
NEW WORLD OF SPECIAL EFFECTS.

E\rentlde

the next Step

FOR A *“HANDS ON’ DEMO CONTACT EVENTIDE FOR THE SP2016 DEALER IN YOUR AREA
EVENTIDE CLOCKWORKS, 265 WEST 54 ST.,, NEwW YORK, NY 10019, TEL (212) 581-9290
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MURRAY ALLEN

Audio Distortions on
Both Sides of the Glass

With over thirty vears in the business, author Allen is

well associated with the problems of getting quality sound for
commercials. Fortunately, he is also well associated with

the solutions.

. r~é‘-
r-‘ a* ;t‘
,.""‘_“

Vurrav Allen is president of Universal Recording
Corporation and the Chairnian of the Board of the
Sociery of Professional Audio Recording Stidios.
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We're going to share our expertise

We know a lot about duplication.
Atter all, millions of our cassettes
and open reel tapes are duped every
day under conditions that can make
you hopping mad. So, we had to
learn how to make cassettes that
sound terrific, last, and are as trou-
ble free as possible.

Manxell gives you the cassettes you
need, with the quality you must
have. Tape ends stay anchored. Our
shells have a five screw construction
to eliminate warping. Maxell devel-

induplication.

oped a four-function leader with
A/B side indications, directional
arrows, non-abrasive head cleaner
and five-second cue to set timing

and level. In performance, highs are

clear and lows are solid and pleas-
ing. On the business side, supplies
are delivered when you need them.
What more do you need to know
about duplicating cassettes? Call us,
we'll give you the name of your
nearest Maxell distributor, quick

as a bunny.

o

L]
e —— 2
maxeill.
PROFESSIONAL / INDUSTRIAL DIVISION

Our success is magnetic.

Manxell Corporation of America, 60 Oxford Dr., Moonachie, N.]J. 07074 (201) 440-8020
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S THE Dy ol TV stereo approaches. there is a great deal
of excitementand hope for its future. But. having been
around the industry for over thirty vears. | see tech-
nical aned psvehological stumbling blocks ahead. |

summerize the problem by defining it as a psvchological misuse
ol technolegy. The speed at which this teecinology 1x moving
ahead i leaving some ol the practtioners behind. And then
there is the reluctance of one generation of scund mixers and
musicians to learn from. or pass information on to. the other
veneration.

Lets take a look at the history of sound for TV commercials.
b its carly davs. it was considered to be generally superior 1o
radio-broadeast sound. But because of the asove-mentioned
problem, the sound of TV commercials has deteriorated. until it
ix now the worst audio foisted on the American public in over
thirty vears,

t doesnt have to be soo After all, "good audio™ s, i realit
simply the absence of bad audio. Bad audiotakes ontheformof
virious types ol distortions, both electronie ad acoustic.

On the electronie side we have hum, noise. wow, flutter.
saturation. compression. phase shift. drop-outs. and .M.
distortion. not to mention speed crrors and poor frequency
response.

On the acoustic side we have poor microphone displacement.
out-ol-tune and out-ol-rhythm performance. lack of dvnamics
and perspective

Phere used te be a rule relative to audio for film. “Use onl
one microphone. It vou nrust use more than one. use at least
tour.”™ The phase problems caused by two or three mikes far
outweighs the good they will do. Tedayv when one goes on a
commercial shoot, more than likely the decision is made to use
wireless mikes. Although these serve a definitz purpose. they
remove any awdio perspective from the scene. As the actor
moves up-stage. the sound doesn’t. As two actors moveclose to
cach other. the voice quality changes due to the shifting phasc
relations hetween the mikes. These prohlems cannot alwavs be

fixed in the nux.

In motion-picture film production. this tvpe of bad audio s
often replaced by having the actors re-record their lines while
watching themselves on the screen. But the technique 1s used in
less than onc percent of TV commercials. The bad sound
coming out of the field is left to tend for itsell. causing more
problems down the road

In the early davs of commercials, sound stages were often
used. A great amount of time was spent getting the best audio. It
wis very common to use booms tor holding the microphones.
The audio man was usually on stalf and had more control over
the sound of the room. Distortions caused by standing waves
and too much ccho were eliminated on the spot. Then. portable
tape recorders came on the scene. making on-location audio
casier. Not better. just easier. Then there came the need for
more portability. and the boom was climinated. As shotgun
microphones came into extensive use. audio acquired the
problem of unwanted background noiwse. This brought an
terrible problems in mixing. adding to the further deterioration
ol audio quality.

Finallv. the wircless lavalier was introdueed. 1his
microphone requires an expert operator to make an actor
sound normal. The three higgest problems these mikes create
are: a sameness ol sound whether the shot is close-up or wide.
unwanted noise caused by clothes rubbing the mike. and phase
shift as actors move around. If vou are planning to use diatog
replacement. these mikes are great. otherwise they can cause
trouble.

The next step s dialog transter. New 35mm stocks and new
electronics should make this quite casy. If one i1s using an old-
line house, the equipment i1s probably in good shape. However
the problems of incorrect level and biasing still persist.

Engineers trained on rock-&-roll music often have prohlems
understanding dialog transfer. In music. the standard level most
used is 250 nano-wehers per meter. Most engineers use VU
rather than peak-program metering. An electric guitar’s peak

BORN IN THE STUDIO,
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over VU might only be 3dB plus the fact thattape saturation on
certain musical instruments has become ucceptable.

Ihis engineer might set his level on the 35mm recorderat 250
nWh om0 the Neld recordist let s dialog go into the red
occasionally and the transler engineer transters using the hield
head tones, the tollowing problems oceur.

Assunming vou arve ustng the best stock avatlable. at 250
nWh m vouwill probithlvgetaround 9d Bot headroomat [ kHz
I'he human voice sometimes has peaks tarinexcess of 9d Bover
VUL Thisis especially true on s and ¢ soutids, At these levels
there will be a great deal of tape saturation. Many ot the
advances in music recording do not alwavs create a desirable
cffect when applied to the reeording or transfer ol dialog.

F'o make matters worse, the mudti-track technique of over-
hiasing is rarely used on film recorders. Itshould be. Inthe davs
of the vacuum-uibe recorder, over-biasing was defined as
peaking a | kHz signal. and then over-biasing until the signal
fevel deereased about TdB onthe VU meter. This was done to
overcome drop-out. Of course. the top end fell off. The transfler
enginecr nught add some equalization at his own diseretion. In
the era ol sohid-state. over-biasing means peaking some high
frequency, deternuned by the tape speed, tipe stock aid head
gap. Ata level some 10 dB belowoperating level. peak that tone
and then increase bias until tone deereases by the proper
amount. Then, adjust input equalizationon the recorder (or Hat
output. Yet | have seen engineers raised on tube equipment use
tube over-hiasing on solid-state equipment. The distortion is
dramatic.

Of course, the hest stock is not always used for dialog
transfer. Very often reclatmed or spliced stock s used. Now the
problem is mconsisteney ol hias, and therclore ol level,
throughout one roll. In a ten-minute dialog transter vou mav
get the saturation cffect of the rock-&-roll music man, the
erroncous biasing by the “tube™ engineer and then back again:
Just one more thing te be fixed in the mix.

I'he selected dialog transter will, of course. be run across a

screening-room dubber’s Kem or Moviola heads many times.
There 1s a good chance these heads have not been erased
recently, (Hopetully, the splicing block has been erased,)

Now comes the music session. This will be the single niost
expensive session for audio-only during the production of the
commercial. You will see how much of the effort is wasted due
to psyvchological hangups with technology.

When commercials were recorded vears ago. the band and
singers all worked together in the studio at the same tme.
Sometimes even the announcers were there. | remember
recording Budweiser commercials in the carly 60s with 40
musicians. 8 singers and 2 announcers all going to monaural
while watching 35mm projection. Although we ran 3= and 4-
track safeties. these were rarely used. It something got in the
wiy of the vorees. cither the arrangement was changed or more
Likely the musicians plaved the passage ditferentlv. Since
cveryone was performingat the same time. the excitement of the
announcer would turn on the singers who would cxcite the
horns and strings who in turn would push the rhvithm. The total
interplay between all performers raised the quality of (he
performance.

In the late 60s and carly 70s multi-track recording came into
being. A new word became important, and misunderstood:
“separation.” Inits most extreme delinition, it meant that cach
musicitl element would be recorded on a separate track. totally
free from any of the sounds surrounding it. This might include
separating bass drum from spare drum from sock ¢vmbal. To
help with this technique, noise gates came into use. Eventually it
was possible 1o totlly eliminate the sound of the room.

This began the age of anti-gestalt music. Psychologically it
was an expression of the umes. tt retlected the right of the
individual over the general good of society. There was that
feeling that the wheel was no longeras importantas the hub. rim
and spokes.

On the bright side. separation gives us techmyues to record
better rhythm sounds. Drums. bass, guitar and pianos never

BRED FOR THE STAGE.
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The Studio A controf room with engineer Bill Bradley {left}
at the board.

sounded better. However, the sound of horns and strings
suffercd from tight miking. Microphones became quieter and
more reliable but not necessarily better. The demand for vintage
mikes bears this out.

Because of the misuse of limiters, compressors. equalizers.
vocal stressors, noise gates, noise reduction and microphones. it
is questionable whether the recording of voices has improved
much over the last 20 vears.

It now became possible to use small studios and record each
part separately. On the economic side. this was good for
studios. The renf was lower and they sold ten times as much
studio time as before. For the artist it meant every part could be
played aver and over again until it was perfect. Economically it
saved on performers, for one or two singers could do all the
parts. Four strings could sound like lorty and of course. the
separation was fantastie, The only thing that was lost was the
spontaneity and the level of excitement performers exude when
plaving together.

Hold on now: four singers multed. sound like four singers
multed. IU's natquite like cight singers. Four strings multing will
sound like four strings multing. unless the musicians change
mstrunients and seating position. which they never do. And
what about that lost room sound? A whole new set of processors
has been developed to restore this sound. The only problem is
that there is no way to restore the audio that got lost by close
miking. Acoustic instruments are just what their name
implies-—acoustic. They depend on a real acoustic condition to
devciop their sound. Any microphone or sound-processing
technigue that robs them of surrounding acoustics in fact
distorts their sound. Unfortunately, many people growing up in
the seventies have learned 1o accept these distorted sounds as
the true sound of instruments.

When musicians and singers now perform. earphones are
often their only aural contact with the other performers. On the
bright side. the separation 1s maintained. and the rhythm time-
lags common in recordings of the 50s and 60s are eliminated.
Other eliminated elements are dynamics and intonation.
Earphones cause the performer. or the mixer. o level out the

dynamics of a performance. in an attempt to create a good cue
situation. The dvnamics in an carphone are already limited
since the sound is passing through mixing consoles and
amplifiers. Intonation is bothered tor two reasons. One is that
evervone is stuck with the interpretation of piteh laved down on
the basic track. Remember. piteh is psychological. The pitch we
call "A=40™ will tend to be ahove 440 in an ascending B-Flat
scale. and Aelow 430 1n a descending E-Major scale. A string
section or vocalist singing against a Fender Rhodes. or some
relatively pure sounding well-tempered instrument. will
actualty have to perform psvchologically out-of-tune or else
sound out-of-tune. Second, pereeption of pitch is relative to
intensity, distance and frequency. Earphones remove distance
from the equation and they fool around with intensity, It a
singer is {lat. trv turning up the volume on the carphones. The
result may be that the singer sings sharper. but it it's too loud.
thev may sing flatter. Most people perceive pitch ditterently in
cach car. In an acoustical environment this makes little
difference. With earphones. many problems are created. By
altering what information is fed to what ear. one can drasticall
alter the perception of pitch. Only highly-trained studio
musicians and singers have overcome the earphone obstacle.

On the control room side of the glass. multi-track recording
has created some problems for the industrv. Ahlthough the
multi-track recorder is probably the best tool introduced to the
recording industry. the level of noise and tlexibility it produces
and how this noisc and flexibilitv is handled is sometimes
bothersome.

As we all know. everv amplificr adds itsown distortion tothe
signal. Although each amplifier by itself is rather harmless. the
sum total of all amplifier distortions even be quite harmtul.
When one goes back and compares the tinished sound with the
original recording. the ditference can be amazing.

In a typical music session. the music will pass through the
microphone preamplifier, an equalizer, a lineamp. maybe some
processing amps. a noise reduction amp. and finally the input
amp on the tape machine. What we hear is usually going
through a mixing console. a one-third-octave equalizer amp
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The face is young, but the credentials show
fifteen years of experience in the industry. In
seven years with A&R Recording and eight
years as an independent engineer and producer,
Elfiot Scheiner has worked with the finest: Jimmy
Buffet, Donald Fagen, Roberta Flack, Foghat, Billy
Joel, Oiivia Newton John, Ricki Lee Jones
Phoebe Snow and Steely Dan. With two
Grammys as proof of his engineering skills, he
now spends about a third of his time producing.

ON METHOD

“All of my recordings have basically been very,
very clean. | like everything that's on tape to be
heard, without strain to one's ears. My method is to
clean up everything and make sure that every-
thing that was intended to be heard is heard
| guess that's carried over to production. | don't
really want to be categorized as . ‘Oh yeah, his stuff
Is real clean, it always sounds good' | want to
be able to make really good records of all types.”

ON COMING UP

I still feel the best way to learn about the
industry is being in the industry The recording
schools teach basic fundamentals and that's OK.
But it doesn't really apply You have to go in there
and experience it and get in trouble and work it
out yourself. That's sort of how | grew up in the
industry | learned everything | know from Phil
Ramone. But basically | started at the bottom and
it was really the only way to go. It's a long process
now days, but you learn a lot”

ELLIOT
SCHEINER
ONTAPE.

Magnetic A/V Products Division/3M

"Scotch 15 a registered trademark of 3M.

ON DIGITAL

“Well the first time | recorded in a studio
with it, we were doing an overdub on a piano track
and it was this wonderful grand piano, that
sounded unbelievable in the room. We recorded
it and | played it back for the first time digitally
and it was like having my head under the cover of
the piano. It's so real. It will have to get a lot more
inexpensive to replace analog totally, but | definitely
think that it's the future.”

ON BAD EXPERIENCES

There was a moment not too long ago when
I got into the studio, producing and engineering,
and | was really happy with what everybody was
playing. The room sounded amazing that day. And
when it came up to the first play back | was
thrilled. We reeled back the tape and it starts (o roll
and it sounded terrible. There was no top end on
the tape, the bottom end was ill-defined and | was
embarrassed. We had a serious tape problem

ON TAPE

“One of the maintenance engineers
suggested that | try 226. The first playback just
astounded me, | was amazed. The top end. the
bottom end, everything sounded exactly the way
| was listening to it when it went through the
console. And | 