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The new advanced-design MQ-Series nuxers.

RIGHT ON THE MONEY.

Inrroducing the MQ- sends. Plus a pau ot master-
seres. A new e ot hghl program 9-band graphic
Atfendgble muxers that refuse equalizers. And direct inerface
t comproguse wiht audo flexibiliy with per-channel dual
perieriue hu gl mput switching
vour neceds. \ There's also the depend-

Yous ot theqonal Iro\'iMir_\ v abibiy and service comvenienee
of Laband Edron cad¥ ehggnel N a modular ivout with each
el the ackend flex®ihey ot e channhs mponens mounied

» per-channel ec¥o.aigl toldbagk g scpurm(‘“nmmal prinied
- e -

Combo Products

THEWAY ITWILLBE

crircuit board. The MO-Soeries.
Right on the imoney: nght down
the line

Visityour Yannaha dexaler
Or Wrie 115 1oV Thore imntormation,
Yamaha, Box 6600, Buena Park.
€A 90622 In Canada, Yamaha
Canadalusic Lid., 135 Muner

Wwoo sScarb., One M1S 3R1L
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AudioTa

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 .. 3122085300

1233 Rand Rd. * Des Plaines, IL 60016
15
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EHL-15 CO-AX
200 Watts
103 dB M/W
Double Spider
15 Inch
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& For complete information call

o 714-632-8500 — 800-854-7181 ‘

° EMILAR CORPORATION
1365 N. McCan St
Anaheim, CA 92806
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Letters

db OR NOT dB

To Tur EptoR:

After an exasperating hour at a tocal
library. doing rescarch for the Audio-
Technica style book. 1 am turning to vou
for vour thoughts on a matter which must
be of some importance to vou. since it
involves the word from which vour
publication derives its name: the decibel.

| am looking for an “unimpeachablc™
authority on whether a db is reallv a dB.
(Your own publication seems 1o be sitting
squarely on the fence. since vou spell
vour name «h on the masthead. but vou
frequently use /B in textural matter.) The
standard reference of writers and editors.
A Manual of Sivfe. by the University of
Chicago Press. lower-cases both the
word and its abbreviations: decibel. db.
So does Webster’s New Collegiare
Dictionarr and the Oxford Dictionary of
American Fnglish. Most of the manu-
facturers and publishers in our industry.
however. still use «B.

Perhaps we should emulate the diner
who. knowing he is incorrect in doing so.
orders “turbo™ for "rurbhor. instead of the
approved rurbar. tor fear those around
him will think him uncducated. Ap-
parently. 8 is wrong. but many of our
customers and colleagues would un-
doubtedly think us illiterate if we spelled
it dh.

One stylistic area in which we enthu-
siastically agrec with Webster's is that the
proper abbreviation for microphone is
miike. rather than mic. Sinee the abbre-
viation is pronounced as a word. the rules
of pronunciation would mandate calling
it “mick™ —as in pic. hic. or ric. Another
goud rcason for mikeis that it avoids the
god-awful term “micing.” when used as a
verb. in the participial form.

Please let me have the benefit of any
rescarch vou or your fellow editars may
have done on these terms. I'll hold up on
our stvle book until | hear from vouand
some of the lexicographers and sivle
boek editors 10 whom I'll pose the same
questions.,

Dox KIRKENDALL

Director

Marketing Communications
Audio-Technica U.S.. Inc.

db (dB?) replies:

oh (the Magazine) got started in 1967,
when life was a lor simpler, and the
decibel had a long history of being
abbreviared as "db. " However, incurrent
engineering practice, units of measure
which use a person’s name are spelled oun
in small letrers. bur abbreviated with q
capital letter, with no period (unless ar

www.americanradiohistorv.com
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Coming
Next
Month

® Next month is our AES show issue.
and we'll be featuring articles on a wide
range of topics. Ham Brosious ol Audio-
techniques checks in with a feature out-
lining the pros and cons of renting pro
audio gear: Richard Factor of Eventide
brings us a progress report on the micro-
processor: Murray Allen of Universal
Studios gives us some insights on what
can go wrong on hoth sides of the control
room window.and our own John Woram
shows how a programmable calculator
can be used to design a sophisticated
sound system. Of course. our regular de-
partments and columnists will be on
hand, making October’s db—The Sound
Engineering Magarine. a show issue to
remember.
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HP: EXPERIENCE IN AUDIO TECHNOLOGY

-----

HP’ 8903A now makes audio testing
easier than ever before.

Now a single microprocessor-controlled  power, AC or DC volts, and frequency;

instrument offers you the versatility as well as more complex parameters like

of an extremely wide range of audio signal-to-noise and SINAD. It includes
measurements with just a few keystrokes.  a sweepable low distortion audio source

Manual or HP-1B programmable. the and drives an X-Y recorder directly. It’s

HP 8903A Audio Analyzer is ideal an automatic test system all in one box,

for testing 20 Hz 10100 kHz character- yet is priced at only S6600%

istics of stereo amplifiers. pre- and line For more information, contact your |
amplitiers, tape decks, cassettes. and nearby HP sales office. or write to

other high performance audio equipment.  Hewlett-Packard Co., 1820 Embarcadero
The 8%3A measures such basics as Road. Palo Alto, CA 94303.
distortion, gain and frequency response,  bomesic US price onlv

C4105A

DESIGNED FOR

SYSTEMS

HEWLETT =
(ﬁ/’ PACKARD —
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Limiter/ : Ewo mdepe:-\dent ct?anneis Parametric ® 3 band eqo

ontinuously variable slope . Variable "Q”
Compressor g Sireo coupling Equalizer g Separate Bypass for each band
LC-1 B lluminated V.U meters for CB9066 M Hi & Low Pass Filters with contin-
$695.00 gain reduction or output level $650.00 uously variable frequency and slope

B High performance at low cost
B Compact size (19"x 1% " x 8")

A TRIDENT {USA)

Circle 19 on Reader Service Card

B Built-in power supply
B Compact size (19"x 134" x 8"}

Order direct: )
652 Glenbrook Rd., Stamford, CT 06906 (203) 357-8337

More and more recording studios are
discovering the great sound of the

Kimball Professional Grand.
Here’s why:

The Kimball 6’7" Professional Grand derives its heri-
tage of greatness from the world’s finest piano-the
Bosendorfer. The scale and plate design are derived
from the Bosendorfer Model 200, and the plate is ex-
tra thick to assure maximum sustain and to avoid
plate noise from hammer strikes. The
Bosendorfer-derived scale and non-
duplexed trebles enhance tonal depth,
clarity, and pitch perception. The
Kimball Professional Grand is
specitically designed for
clear, pure tonaiity, free of
spurious noise and false J

harmonics. It alsc offers
superior durability and

tuning stability. Its entire struc-
ture, including the soundboard,
Is of precision-laminated
woods, greatly reducing
ditterential expansion in
changes of temperature
and humidity.

for more information
about the Kimball
Professional Grand,
contact Wade Bray at
: {812) 482-1600.
i S led -
Mok s v

Circle 14 on Reader Service Card
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the end of a senience, of course). Thus,
we fiave 9 1 (noi YV) = Y volrs.

Multiplier prefives are capitalized only
above 100 (= M) Thiv gives us 1.500.000
volts= .5 MV while0.001 voli(not volis)
=fmV. Movingrightalong toward the hig
Jinale. | hel = 1 B =10 decibels = 10 dB.
Maost audio publications made the immove
lower case. and will
probabiv end it that way (hopefuliv, not
SOOM).

As for that transducer vou nentioned.
we usually copy out hy completely spelling
itout. Miketechniyue suggests something
that Michael does vervwell. and micing is
probably best left 1o an exterminator. or
the studio car.

Now then. can anvone tell us how 1o
pronounce £Q?

SPEAKING OF MICE...

foTHe Enliok:

Congratulations on a fine June issue.

Just two minor items: ['ve checked
everv condenser micrephone here at
Sonv and a tew by other manufacturers
and 1 can’t find one Alack electret. Most
of ours are gold. 1d telex Japan to ask
them. but 1 don’t think thevd scc the
humorin it.

And to answer vour question in the
AES News section of "Happenings. ™ ves.
Sonv will be there. 1t should be a good
show. even if the place has miee.

JOHN F. PHFLAN
Woestern Regional Sales Mgr.
Saony Corp. of America

db replies:

Don’t send that ielex—1here’s nothing
funny abowr hlack electrets. although
they might lelp ous nrcing technique.
Sorrvahout the ivpo. Wed fire the proof-
reader. if we had one.
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B f } 1 t 1
Polar response comparison of « typreal t200-
way cwaxtal studio monitor and AR nese
neW Stu 10 monl 4430 Bi-Radial studio monitor from 1 41z
to 16 ki1z.

angles.

No one has o tell vou how im|m|‘-

hL

— u [ o

tant flu qumm v IeSponse is in a h
studio monitor, But if vou ||ulg a N
monitors |\L|'()f|lhlll(t by its on-axis g
FESPONse curve, \(llIlL ()nl\ getting /
part of the storw. ‘

Maost conventional manitors tend to e o AV o
narrow their dispersion as frequency /1/)/::// wertival SBE AL cortieal
increases, So while their on-axis )
response may be flat, their off-asis And the Bi-Radial horns perfor- components provide exceptionally
response can roll off dramatically, liter-  mance advantagesaren’tlimited tojust— smooth response. high power capa-
allv locking vouinto the on-axis “swect beamwidth control. 'The horns rapid city, extended bandwidth, and
spot Faen worse, drastic changes in flare rate. for instance. dramatically extremely low distortion,
the horn's directivity contribute signif- - reduces second harmonic distortion
icantly to horn colorations. and its shallow depth allows for opti- Judge For Yourself

. . mal acoustic alignment of the drivers. Of course. the only wav 1o really

lntroducmg the This alignment lets the monitors fall judge a studio monitor s to listen for
JBL Bi-Radial well below the Blauert and Laws vourself. 8o before you invest in new

. . criteria for minimum audible time
Studio Monitors. detay discrepancies.
But while the Bi-Radial horn
offers outstanding performance. it'’s
only part of the total package. The

maonitars, ask vour local JB1L profes-
sional products dealer for a Bi-Radial
monitor demaonstration. And consider
all the angles.

At BLL weve been investigating
the relationship between on and off
anis frequency response for several

AN ORI - new monitors also incorporate JBLEs _lfl_l‘llt':s B. Lansing Sound. Inc.

of studio monitors that provide flat most advanced high and h‘n}' I.rc- h).\l)() B;ilhﬂnﬂa Boulevard

response over an exceptionally wide Ut lanusss et Cividing ol o = . 13917 8
rangre of horizontal and s ertical angles. networks, Working togethen these Northridge, California 91329 U8, A,

The sweet Spot and its traditional
restrictions are essentiatty eliminated.
The kc} 1o this irnpl'n\ od pcrl_nl"
mance lies in the unigue geometry of
the monitors” Bi-Radial horn! Devel-
oped with the aid of the latest com-
puter design and analysis techniques,
the horn provides constnt coverage
from its crossover pont of 1600 11

to bevond 16 k1 2. The Bi-Radial
compound flare configuration nain-
tains precise control of the horns

. o 5 a
wide 1002 V1002 coverage angle. “
2]
1. Paaent apphed for g
(4]
3
o
4]
-
2
Professional (¥

PI:O.dl_JClS 8L harman international

Division

Avahibls * Canglith o nGoult Vise g Moanto o O peuee ©

Circle 17 on Reader Service Card
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CLOSING THE CREDIBILITY GAP |

TOTHF EDITOR:

In my letter of May 29. | called to vour
attention some misinformation pub-
lished in the May “Sound with Images™
column. This was never acknowledged.
nor were my guestions answered. | would
like to see a statement by the editor orthe
author in reference to the points raised. |
feel that corrections should be published
for the edification of vour readers. Your
credibilityshall sutfer severely otherwide.

BFN SosBIN
Ben Sobin Motion Picture
Sound Recordingand Equipment

db replies:

Goeasy onus, Ben. Your leiter and our
editor’s/ author's replies were published
in the Julv issue. Unfortunately, by the
timie our subscribers receive db. the nexr
issue is alreadv ar the printer. and the next
one after that is well onthe wav there. He
try 10 hold the letiers column open until
the very last momeni (this one just
sneaked i uncder the wire). but there's
inevitably a A1 of a4 month or iwo,
especially it vour letier requires an
aurhor’s response.

ACCURATE
TAPE TENSION
MAKES BETTER

RECORDINGS

If something SOUNDS FISHY it may
be your fish scale approach to measuring
tensron

i

The Tentel Tape Tension
Gage is designed to di
agnose problems in your :
magnetic tape equipment

Virtually all recorder manu-
facturers use and recom-

. mend the TENTELOMETER @
g for use with their equipment
The TENTELOMETER® measures tape tension while your
transport is in operation. so you can “see’ how your transport is
handling your tape. high tension causing premature head and tape
wear, low tension causing loss of high frequencies. or oscillations

causing wow and flutter. Send for the Tentel “Tape Tips Guide”
The T2-H20-ML sells for $279 - complete.

Circle 12 on Reader Service Card

Brooke Siren Systems

For years our MCS200 series crossovers have been used by major touring companies
worldwide. The same high technology is available in our FDS300 series crossovers. Qur

products include some very unique features, highlighted below, but perhaps our best feature
is the way we’ll sound with you. Available now through professional audio distributors and
music stores nationwide.

e 24dB/Octave Slope ® Limiters on Each Section
e Subsonic/Ultrasonic Filters e +6dB Level Control
® Section Mute Control ® Sealed Potentiometers

% Brooke Siren Systems, 262A €astern Porkway, Farmingdale, New York 11735 (516) 249-3660
i Gerrauvdio Inc., 363 Adelaide Street €ast, Toronto, Ontario M5A TN3 (4156) 341-16467

e

Freque ncy |

® ARG Active Direct Box
Vay Mono * AR125 Cable Tester

Circle 13 on Reader Service Card
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The Model 82 condenser wireless
microphone has been added to
Cetec Vega's professional hand-held
line. The Model 82 incorporates the
popular Shure SM&5 condenser ele-
ment and attractive black windscreen
to provide:

* Minimal handling noise, reduced
mechanical vibration, and virtually
no “boominess” (by means of con-
trolled low-frequency rolloff).

* Clean reproduction of close-up
vocals with moderate proximity
effect.

* “Crispness” and presence with
high-definition midrange.

e Clear, scintillating highs with crisp
upper register.

e Cardioid pickup pattern for effective
rejection of off-axis sounds.

All Cetec Vega hand-held wireless

microphones (including the Model

80 with the IXlectro-Voice EV-671

dvnamic element and the Model 81

with the Shure SM38 dvnamic ele-
ment) have an attractively contoured
black case with internal anterna.
Used with Cetec V'ega professional
wireless receivers, the FM systems
operate on anv crystal-controlled fre-
quency between 15() to 216 MHz. at
a range up to 1000 feet or more.
Transmil-to-receive frequency
response is almost perfectly flat from
100 Hz to 12 kHz with gentle yolloffs
to 40 Hz and 15 kHz. Total harmonic
distortion is typicallv 1/2 percent.
Svstem dynamic range is 90 dB when
“Dynex” {transmit compression and
receive expansion) is incorporated,
with a resulting low noise floor.
Cetec Vega hand-held wireless
microphones are newly redesigned
for 20 to 30 percent additional bat-
terv life, using a commonlv available
Y-volt allkaline battery (Duracell rec-
ommended). Microphone sensitivity
is easilv adjustable with an audio
Circle 16 on Reader Service Card

www americanradiohistorv com

‘A A

Model 82
Wireless Condenser
Hand-Held

gain control on the botton, with an
adjacent LED indicator to veritv
optimum setup. Power and audio

on off switches are also conveniently
located on the hottom.

Write or call for further informa-
tion and location of your nearest
dealer: Cetec Vega, P.O. Box 5348,
El Monte, CA 91731. (213) 442-0782
TWX: 910-587-3539
in Cunada: A.C. Simmonds & Sons Lid.

€ Cetec Vega

Division of Cetec Corporation

s

MODEL 81

2 .
=T, i
--u:.-&l.

MODEL 20

MODEL ®2

R TR R R

- '\-'-. ]

} 4'

L —

o,
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BARRY BLESSER

(i Digital Audio

Digital Filter Design: Part |

e The design of digital filters has gen-
erally been left to mathematically-ori-
ented engineers, since a high level of tech-
nical expertise is necessary to build such
systems. This contrasts with analog filter
design, where readily availabie tables ot
circuits and values can be used to con-
struct filters. As time marches on, digital
filters will also become the province of
practical engineers without the mathe-
matics. In the next serics of articles we
will try to develop some of the ideas nec-
essary to digital filter design.

Before beginning, 1 would like to note
that the mathematics actually makes the
design task much simpler rather than
much harder. Therefore, I'll try to intro-
duce mathematics (gently!) when nec-
essary.

LINEARITY

All fiiters, whether digital or analog,
are based on linearity, which is a mathe-
matical abstraction. It simply means that
if [ place a time signal x(z} into a system

When we introduced our 672A ‘dream equalizer”in

and (1) comes out, then if | place 2v()
into the system, 2y} will come out;
doubling the input doubles the output.
Similarly, multiplying the input by any
constant will result in multiplying the
output by the same constant.

A turther extension of linearity says
that if .xi(7) produces (1) and x2(1) pro-
duces va(1), x2(r) will produce vy (1) + 12(1).
Most audio systems approach this math-
ematical notion of linearity. Increas-
ing the input signal increases the output
signal. Adding a trumpet and a violin at

The Dream Equalizer:
Now mono or stereo.

1979, we had an instant hit. Audio professionals loved its
versatility and clean sound. Eight parametric EQ bands
(with reciprocal curves) were combined with wide-range
tunable 12 dB/octave highpass and lowpass filters.

The result: an amazingly powerful and useful machine.

A cost-saving one too, because the outputs of both
filters are available to perform a full electronic crossover
function.

The 672A now has a stereo twin —the new 674A,
with all the power of two 672A's in a space-saving 514"
rackmount package. Naturally, both equalizers are built to
full Orban professional standards. That means industrial-
quality construction and components, RFI suppression,
a heavy-duty roadworthy chassis, and comprehensive
backup support.

orban

Orban Associlates Inc.
645 Bryant St. San Francisco, CA 94107
Telex: 17-1480, Cable: ORBANAUDIO

Circle 21 on Reader Service Card
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To the audio professional, when a stereo coupling. The 1176LN is the
compressor or limiter is needed to most widely used limiter in the world.
tame the potentially disastrous The Model 1178
consequences of uncontrolled level A two channel
or to create special effects, one version of the The UI 2 I _‘; I
name stands out as the best: UREI. 1176LN in a . a
Studio Standards for more than compact C p / L t
a decade, the compressors and (3-1/2 ) rack Om r essor lml ers
limiters from UREI have earned their mounting design. Featuring perfect
way into thousands of recording, tracking in the selectable stereo
mastering, and broadcast installa- mode, it additionally offers

tions around the world. selectable VU or Peak reading meter
Because we built our reputation ballistics.

for unparalleled professional From One Pro To Another — trust all

performance and quality with our your toughest signal processing
compressors and limiters, we have needs to UREL

continuously advanced their
engineering and technology to offer
more reliability, features and
performance. When you need the
fastest, quietest and most flexible
gain control instruments available,
you can be totally assured that these
products will prove to you why
they've earned the title — Studio
Standard:
The Model LA4
A single channel, half-rack unit with
patented electro-optical attenuator.
Featuring smooth, natural sounding
RMS action, it offers selectable
compression ratios, a large VU
meter, adjustable output and thresh-
old levels and stereo coupling.
The Model 1176LN 1
A peak limiter which features
adjustable input and output levels; ,!
individual attack and release time
controls; selectable compression '
ratios; switchable metering; and

- e
e

ST ST R -
@[ED From Qne Pro T":f;m

© UREI 1980

United Recording Electronics Industries [ ﬁ? e -
8460 San Fernando Road, Sun Valley. Cam'orma 91352 (213) 767- 1 e&ex as-‘ﬁ SNVY See your professionai audio products
Woridwide: Gotham Export Corporation, New York; Canada: E SSOu Marketing, Montreal =N dealer tor full technicai information.
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Multiplier
x{t) —: g
costwt) ————

Figure 1. A multiplier with an introduced
time variable.

y(1}

the input produces trumpet-plus-violin at
the output.

The mathematical notion of linearity
is an abstraction because it assumes ab-
solutely no distortion. But we know from
practical experience that all systems will
have some distortion, even if it is very
small. This is the real difference between
the mathematician and the engineer. The
mathematician can imagine pure sys-
tems, the engineer knows that all real
system have defects.

x1(t) J_ Xx1(t)

aw ] x2(1)

1

xsw

1 - = A\

Figure 2. For filter design, an audio signal
may be divided into a series of small
slivers, x,(t).

you write it

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

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

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

Maxell quality saves a lot of
recording situations. Maxell meets
your /4" open reel and audio cassetee
needs, no martter how demanding
vou are. Because we're more
demanding. We've developed a
e that means unigue quality all
around the world. For example,
Maxell cassertes give you a produc-
tivity boosting tour-function leader
with A/B side indications, directional
arrows, non-abrasive head cleaner

won't let go.

l You can see Maxell excellence in
the cassette construction and on the
| “scope or meter. The physical con-
struction is strong enough to meet
all professional requirements. Maxell
open reel tape and cassettes give
you quality you can hear. And your
clients can hear as well.

We'll give you all the rechnical
information you need to form your
own opinions. But if you're like just
about every audio professional that

maxeil.
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Our success is magnetic.

and tive-second cue to set timing tries Maxell, you won't let go.
and level. Remember, we warned you!
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TIME-INVARIANCE

Like linearity, filters are also based on
the notion of time-invariance. This is a
more difficult concept. It means that if I
place the signal x(r) into a system and

h(t)

¥(r) comes out, then the signal x(t-T) as a t
an input will produce y(r-T) as the out- &
put. In simple English, the system will do

(B)

the same thing at 9:00 o’clock as at 10:00 Figure 3. A typical filter output, for any
o'clock. If the violin appears at the ampli- of the input slivers seen in Figure 2.
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is custom designed . . . each component individually

- selected by you. After all, the choice
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9 changeable, plug-in EQ
- - modules and an array of input and
the chOIce Is auxiliary modules—all assembled into
a mainframe designed to your require-
ments. As your needs change, so can the modular components.

our Plus ... each console may be prewired for expansion, so that
® you can easily expand your capability at minimum cost!
[3 The API console by Datatronix offers you the quality of
sound, performance, and flexibility you demand as a profes-
sional recording 2ngineer. So caill us today. . . and remember
the choice is yours.

Performance you can count on

ATATRONIX inc |

] A subsidiary of ATLANTIC RESEARCH CORPORATION
2100 Reston Ave,, Reston, VA 22081  (703) 620-5300 TWX 710 833 0365 |
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fier input | hour later. then the output
violin will also appear | hour later,

To use an analogy, a trip by auto-
mobile might be considered a time-
invariant process: if [ enter the automo-
bile | hour later, [ will get to my desti-
nation | hour later. In contrast, an air-
plane trip may not be time invariant since
the schedule is fixed. Arriving at the air-
port | hour later may result in ether ar-
riving at the same time {if 1 can still catch
the same plane), or arriving 3 hours later
(f I miss that plane).

Another way of looking at this issue
is by considering if time is local 1o the sig-
nal or is an absolute external reference.
The automobile uses local time: the air-
plane uses absolute time (schedule).In
FIGURE |. the multiplier is not time-
invariant since the relationship between
the input and output is dependent on the
time variable cos(wr) in the multiplier.
The output is

¥(i) = x(1)cos (wr).
it the input is delaved by one time unit
then

y(r—1) # x(I—1)cos (wt).
Thus, a multiplier is generally not a time-
invariant process. Linearity and time-
invariance arc the only mathematical
concepls necessary tor filter design.

CONVOLUTION

To see how we might apply these con-
cepts 1o filter design, we will begin by
considering a piece of an audio signal
x(1) as shown in FIGURE 2. It we wish,
we can break this signal up into uny
slivers, each of which is very narrow. This
allows us to say that

X(r) =xi(1) + x201) + x3(0). ..

Why have we done such an operation?
The answer 1s that we will find an elegant
way of looking at filters and some inter-
esting properties of filters. To sec this,
we need 1o follow certain arguments.

First, break the input signal x(tjintoa
sel of signals x (7). x2(t), x3(7). ... Mathe-
matically we write this as x{r) = X xi(1),
where1= 1.2.3....

Now, consider a tilter which produces
an output A1} when a single input sliver
appears at the input. This is illustrated
in FIGURE 3.

The single sliver which produces the
output h(7) completely defines the filter!
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Morcover, we can find the filter’s re-
sponse to all inputs just by knowing the
response 1o this one case. To do so. we
need the two principles ot linearity and
time-imvariance. Lincarity says that if |
know the response of the system to x (1)
and to xfr). then L will know the response
1o x 1) + x:i). In other words. 1 can get
the response of the tilter to the complete
signal by adding the responses to cach of
the slivers.

The response f(t) to the first shiver i1s
scaled by the amplitude of that sliver.
The second sliver is like the first sliver
except that it has a different amplitude
and it appears | time unit later. Hence.
its output must also be scaled and 1t must
appear | unit later.

it

Invariance arguments are necessary for
the solution.

In our turther discussions we will refer
to a filter only in terms of its impulse re-
sponse rather than its implementation.
For example, the impulse response of the
circuits in FIGURE 513 given by

vy =Ae'!

Here we haye two different implementa-
tions with the same impulse response.
Hence. they are identical from a mathe-
matical point of view. They will produce
the same outputs for the same inputs.
One may be better or worse from an engi-
neering point ol view but not from a
mathematical point of view. The impulse
response is thus a very compact notation
tor describing filters.

xiher -1y

X240

all)

x3hit=3)

INPUTS

OUTPUTS

Figure 4. The lilter outputs for a series of

input slivers.

Fiat ®E 4 shows this process. On the
left we have the input signal v} decom-
posed into its slivers. Each sliver has an

amplitude corresponding to that part of

the signal from which it was taken. On
the right we have the response to that
sliver. This response has an amphtude
which is determined by the input sliver
amplitude and a time function which is
lfr) delayed by the delay ot the sliver. The
xa(t) sliver begins 4 time units after 0,
hence the output response must also
begin 4 units later. This 1s the time-in-
variance argument. The linearity argu-
ment says that the sum ot the signal
responses on the right must be the actual
signal which would come from the full
input.

Mathematically, this summation can
be written as

() = 2lx@y - =),

There are several interesting things 1o
note about this. First, the response to any
input signal can be determined il we
know the response to a single sliver. This
18 called an "impulse response,” since the
mathematical detinition of a sliver is an
impulse. Secondly, by computing the
above summation. we have a systematic
way. of determining the response to a sig-
nal This activity is called convolution.
Unfortunately, solving this summation
is usually very difficult. Forwunately, it is
only necessary Lo appreciate that it could
be solved and that the linearity, time-

Delay

Xit) —

Delay

TYPE VS IMPLEMENTATION

W hen we talk about designing a tilter,
we must be caretul to separate the design
ol the impulse response from that ol the
implementation. Both are important.
Sometimies a given impulse response is
extremely ditficult to implement. The
impulse response above has a certain tre-
quency response. We must ask. s that
the response we wish?" It it is, then we
must ask about a good way to imple-

ment it.
“—
’JTM“ * |¢ #é
3 .]:yul xm-’\[, v (1)
Figure 5. Two circuits which give the same
impulse response.

It

When somebody says that he needs a
9th-order Bessel filter. he is using the
language of type with no regard to imple-
mentation.  Similarly, he could have
specitied a I9th-order elliptic. As it turns
out, this one is very dilficult 1o imple-
ment because it requires a stage with very
high Q. Mathematics does not concern
itself with a Q of 500. However. the
mathematics to compute the impulse
response ol a 19th-order elliptic may also
be difficult. Many computers do not
have enough accuracy for such compu-
tations. Even 20 decimal digits may not
be enough. Nevertheless, the difficultics
are not directly comparable.

This article has mixed the discussion

Delay —

0.5 vty

x(1) —9

Detay

Figure 6. Two practical filter circuits
which produce the same impulse response.

The same argument can be made tor a
digital filter. FIGURE 6 shows two dii-

ferent implementations which have the

same impulse response.

We can say that these are identical.
From an enginecering point of view, how-
ever, there are subtle differences rela-
ing to truncation noise in the multiplier.

WwWWwW americanradiohistorv com

between analog and digital indiscrimin-
ately because the issues are the same. Just
as a resistor. capacitor, and inductor are
linear ~time-invariant elements, so arc
scaling, delay, and addition. The kinds of
impulse responses which can be achieved
are different. The mathematics are the
same. [
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KEN POHLMANN

&l: Theory & Practice

Babylonian Astronomy and Digital Filters

e MNathematicians went through a lot
of chalk in the eighteenth century. Fol-
lowing the invention of calculus by New-

ton and Loibmitz, there was a burst of

activity n topics of mathematical phys-
1es. Fhere was a eritical need to better un-
derstand physical phenomena with
mathematical precision, a need that has
continued to this day in every protession

ves. even audio. One of yesterday’s
hot topics of controversy continues to be
of critical importance today: the method
of representing complex functions, such
as waveforms. with simple functions,
such as sine waves.

The boundarv-value probicms of vi-
brating strings. and bars or columns of
air. led eighteenth-century scientists to
associate  mathematical theories with
musical tones. [t seemed natural to think
of functions arranged much like musical
tones arc as mathematical muluples of cach
other. The ideas seemed simple enough.
and they were, but 10 reach an under-

standable result required the unification
of diverse rescarch in vibrating strings,
planetary action. and finally the conduc-
tion of heat. Even then, the conclusion
reached was met with skepticism and t-
dayv, it still sometimes seems to breed
more contusion than enlightenment. But
il math geniuses fumbled over it for filty
vears. what do you expect from us
mortals?

BATTLING SCIENTISTS

Scientitic  heavvweights d'Alembert,
Euler and Bernoulli were aggressivelv
concerned with the study of the vibration
of a string lixed at both ends. Both
d’Alembert and Euler obtained equa-
tions in essentialty identical torms which
explained the string vibration as the
superposition of two waves travelling in
opposite directions-—vou pluck a string.
and it's actually two opposite waves. But
d’Alembert thought the mital form of
the string could be given by a single ana-

Ivtical expression. whereas Euler thought
of it as a continuous curve with a differ-
ent analvtical expression for each part.
I'hen Bernoull gave the solution in the
torm of a trigonometric series which,
being peneral. subsumed the other theor-
wes. Euler got excited, and wondered if
am tuncuion could be eapressed as an
infinite series ol multiple sine waves: he
decided 1t would be impossible— sines
are penodie and odd. they would only
work with periodic and odd functions.

I'hen a voung and upcoming mathe-
matician, Lagrange. in detending Euler
from d’Alembert. proposed a new look at
the problem. He hvpothesized that a
string could be considered as an intimite
number of particles stretched on a
weightless line. He solved the associated
equation with a scries of sines and co-
sines. I he had taken one step more. and
changed the order of summation and in-
tegration in his solution. then instead of
talhing about Fourier tunctions all the

(Only Swintek

e Choice of mics--Beyer M500,

® Choice of finishes--chrome,
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® Integral antenna or
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e Systems for hand held mics,
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PROFESSIONAL AUDIO/VIDEDO DIVISION

“Right OnThe Money!”

Harvey presents the Soundcraft SCM762
24-Track with nine position autolocator.

16 Track from $19,050.
4 Track from $21,250.

The true job of any pro sound dealer is to help you find
the equipment that is exactly right for your needs. Harvey thinks
Soundcraft may be just that kind of equipment. Designed to

eliminate costly manufacturing methods, Soundcraft equipment

nonetheless preserves every last ounce of the sound quality
and reliability you demand in your operation. Offering outstanding specs, ready user and
service access and rock-solid construction make the SCM762-24 the right machine at the
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time. we would be calling them Lagrange
functions -but thuat gets ahead ol the
story.

Separate from their disagreements
about vibrating strings. Euler and
d’Alembert were also disagreeing about

‘1ake a deep breath - the astronomical
problem of the ¢xpansion of the recip-
rocal of the distance between two planets
in a series of cosines of multiples of the
angle between the radi. Both men pre-
sented the idea of using a definite integrat
to find the series coetfficients. that is. the
constants that specify which simple fune-
tions represent the complex function.
and Clairaut published a paper detailing
the integrals needed. Still. no one thought
of linking these new integrals with the
work on vibrating strings. and the theory

of trigonometric scries remained unre-
solved.

FOURIER TO THE RESCUE

lhen. in 1811, Fourier presented a
paper to the Paris Academy on his
Mathematical Theory of the Conduction
ol Heat- - Theorie Analviique de la Cha-
fewr—still a classic in heat conduction.
He proved that certain simple functions
which he needed to explain the conduc-
tion of heat can be represented on a
bounded interval by scries of sine and
cosine tunctions and. perhaps more im-
portantly. he asserted that any piecewise
smooth function can be expanded into a
trigonometric series. This was nothing
new, but he was the first to assume almost
carelessly. that a series could be found for

SOUND

UNSEEN
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Voice and appearance are
key to a news announcer’s
success. Beyer benefits both
with its MCE 5 electret con-
denser mic. A matte-black
omni so tiny it's virtually in-
visible. Full 20-20,000Hz
range projects the vital pres-
ence of the speaker, un-
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any arbitrary function—and thar was his
distinet advance. Evervone was sur-
prised. and skeptical-—even lagrange
flatly denicd that it could be done. Fou-
ricr was met mostly with scorn. and he
lett it to others to later prove his con-
tentions— he was more interested in ap-
plications and methods. not conditions
of validity. It wasn't until Dirichlet pre-
sented a proof in 1829 that Fourier’s
theory became secure.

So. Fourier finally nailed down the
dea that a continuous function can be
represented by an infinite trigonometric
series. Calculator-brains out there will
clearly recognize the famous result show-
ing the infinite series of sines and cosines:

o
) = Ao + X (An COs nwt + By sin nw!)

Suddenly math was a lot easier. and
complex functions could be quickly
analyzed and better undcrstood. Ever
wonder just what's going on inside that
trumpet tone? Fourier will tell you every-
thing (almost) you want to know. That
complex periodic function can be ana-
lyzed as harmonic component trequen-
cies-—the trigonometric form is the Fou-
rier series tor the function. and the proc-
ess of determining the values of the
constants is called Fourier analysis.

The values of the constants can be
informative in themselves. Symmetry
around the x-axis will give a zcro value
tor the constant. If the function is even,
all the sine terms will be missing. and it
odd. the cosine terms will be zero. The
tamiliar lormulas for determining the
constants are probably also casily re-
membered by calculator-brains (check a
deeper memory level):

A, ; Sty di

An = I 1) cos nwt i
B = 'I Sl 1) sin nawt dt

Let's look at an example. and one diffi-
cult in the respect that it requires a long
serics 1o be accurately represented. The
fanmiliar saw-tooth waveform can be de-
fined mathematcally like this:

Juy=a(1="

lt that funcuion 1s substituted into the
three equations 10 determine the coelfi-
cients, we find the results:

[43

Ac =0 Aa =0 B =

nw
And the complcte harmonic series repre-
senting a saw-tooth wave can be written:
a, . /I . ! .
_(sinwt +  sin 2wt +..." sinnwl)

Jay=

@

That might not look like much, but it of
fers a relatively easy way to mathe-
matically represent a saw-tooth sound.
And that's a real opportunity—instcad
of working with the actual signal. we can
work with the numbers that comprise
it—just like a digital system.

There's a lot of information contained
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here. For example, if a function consists
of a certain number of sine and cosine
vibrations, then the analysis will contain
only that many terms. Analysis of a beat
tone will contain only two terms. The
more complex the vibration, that 1s, the
more abrupt the discontinuities, the more
terms needed to accurately represent the
functions. In the case of a square wave or
saw-tooth, an infinite series must be
considered to gain equivalence. Prac-
tically speaking, acoustical vibrations
are usually fairly well behaved and con-
vergence is rapid. Only a relatively few
number of terms must be considered. In
the case of the saw-tooth, perhaps ten or
ey terms would add up to the same
vibration. sharp teeth and all. Of course,
it should be mentioned that the Fourier
theorem can be used in reverse 100. A
linear combination of simple vibrations
which have commensurable frequencies
forms a complex vibration at a greatest
common divisor frequency: we can syn-
thesize complex tones from simple ones.
Need a string section? How many sine
wave generators on your test bench?
Don’t laugh--Stockhausen realized
some of the world’s greatesi electronic
music with that trick. And more than a
few digital synthesizer manufacturers
have picked up where he left off.

That 1dea of a harmonic and partials is
an incredibly unportant onc. as anyone
who has ever heard music will attest.
Consider the fact that if a low {requency

pure tone 15 sounded first as a low and
then a high loudness level, most per-
ceivers will state that the second tone
has a lower pitch, despite the fact that the
tfrequency has not changed. However
for complex tones (say, from acoustic
musical instruments). that perceived
change in pitch is much smaller because,
as Fourier analysis reveals, even if the
tundamental lies in a pitch range subject
to that decrease, the harmonics will have
trequencics for which the pitch changes
very little, or perhaps increases. That an-
noying dependence of pitch on intensity
is compensated for by a dependence on
wavetorm.

TIME AND FREQUENCY

Finally. let’s mention the Fourier
duality of time and {requency. We can
display a function in time. and we can
also look at 1t by frequency. that is. as a
spectrum of the time signal. The process
of Fourier transtormation allows us 1o
freely switch from the time domain to
the frequency domain and back. Those
transform functions are incredibly im-
portant. Once again. information is the
name of the game. It was in the eight-
eenth century and it still is—only more
50.

That ability to switch from one do-
main 1o the other as applied 1o dighal
implementation -remember. that is
where numbers derived from our mathe-
matically precise methods can really be
utilized—allows us Lo approximate con-

tinuous transform (unctions with DFT
{Discrete Fourier I'ransforms). The high
speed algonthm (great for high speed
computers) for computing the DF1 s
the FFT (Fast Fourier Transform). We
can use that FFT 1o find out all kinds
of thngs about a wavetorm: How about
instant spectral analysis? Easy. Or. it we
smooth the data with a window function
before we compute the FFI. we could
digitally filter the function. And that is a
great idea. The filter is dynamic-—it can
be programmed. Any time an analog
function has been comverted to digital
torm. these Fourier methods are ready to
analvse and process— the chance for
some cxtremely complex and accurate
audio processing is at hand. Those old
phase-shifting. distorting equalicers
made of resistors, capacitors and induc-
tors? Get rid of them. It cam all be done
with beautiful. absolute analytic pre-
cision and grace

So —the discussion of quarrelling
cighteenth century scientists led to a gen-
eral theory for representing functions.
which makes 1t casy to mathematically
analyse and process those functions.
which has led us to digital tilters- to the
promise of the digital mixing console.

Oh—if only for the sake ol complete-
ness. the ancient Babyvlonians deserve
most ol the credit. Thousands of ycars
ago, thewr astronomical computers were
already using summations of sines and
cosines to predict eelestial events. .
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In search of the ideal mixer.

In demonstrating our micro-
phones throughout the country,
we've found a serious limitation
in most stage mixers. They are
unable to handle wide range mi-
crophones on stage. And they
just can’t cut it when it comes to
making demo tapes. Which means
that the musicians need TWO
mixers and perhaps TWO sets of
microphones to get the sound
they want on stage as well as on
tape. It's a luxury not everyone
can afford!

So, to sdlve your problem —and
ours —we set out to create a
“double threat" mixer which
would be a great stage mixer, yet
still give you the sound and con-
trol you need while taping. A
mixer designed to take full advan-
tage of every mike you own, in-

cluding phantom-powered models.

Our standards (like yours) were
high. Everything had to be rug-
ged, reliable, and very clean. With
wide basic frequency response,
plenty of headroom, and very low
distortion and noise. And the
mixer had to be very natural to
use. Finally, the price had to be
right. We invite you to examine
the new Audio-Technica ATC820
and ATC1220 stereo mixing con-
soles to see how well we have
accomplished our goal.

Our prototypes have done a lot
of traveling. Users were im-
pressed with the features, the
flexibility, and the sound. They
liked the 3-band EQ on every input.
And the 7-band stereo graphic
program equalizers, plus another
graphic equalizer for the monitor
output. But most appreciated
were the variable high-pass fil-
ters for each output. They permit
you to use wide-range recording
microphones on the stage, while
exactly limiting bass response to
suit acoustics and to keep from
overlecading your speakers. Yet
during recording you can go all
the way down to 20 Hz if you wish.

There's a long list of very prac-
tical features. Phantom power is
available at each of the trans-
former-isolated mike inputs. Two
20 dB mike input pads plus an
LED to warn of clipping on each
input. A SOLO button to check
any input with headphones with-
out affecting the mix. “Stackable”
design when 8 or 12 inputs aren’'t
enough. Even an assignable talk-
back input. And all the logical
controls for the transformer bal-
anced MONITOR, EFFECTS,
SOLO, PHONES, and QUTPUT

busses. In short, very flexible, and
quite complete.

With a very modest invest-
ment, you can do almost every-
thing the single-purpose boards
cando...and doit very well. And
get the benefit of phantom-
powered recording mikes on
stage as well as during recording.
The more you learn about the
ATC820 and ATC1220 the more
impressed we think you'll be. Ask
your Audio-Technica sound spe-
cialist for a hands-on tour of this
brand new breed of mixer. Or
write for literature. We may have
the ideal answer to your mixer
requirements.

audio-technica.

AUDIO-TECHNICA U.S..INC., 1221 Commerce Drive, Stow, Ohio 44224 « (216) 686-2600
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LEN FELDMAN

iy Sound With Images

Pro Video Borrows Consumer Tape
For New VTR Format

o Last April. RCAs Commercial Com-
munications Division introduced a new
video recording format. They also
submitted the new sy stem as i proposed
standard 1o the SMPTF (Society of
Motion Pieture and Television Fngineers).
One aspect of this new svstem is its use of
half-inch videotape. housed in standard
250 meter (1-120. 2 4 6 hour) VHS
format videocassettes. RCA calls the new
system Chroma Trak. and thev are
already using it for FNG (Electronic
News Gathering) and other video record-
ing applications where light weight and
portability are important factors.

I'he group of products related to the
new Chroma Trak system are part of
RCA™N new “Hawkeve™ product line. As
iHustriated in FiGgure 1, a pair of HR-2
Hawkeve videotape recorders are con-
trotled by a Model HE -1 edit controller
in the studio. A combined camera video
recorder, Model HCR-1 (not shown). for
in-the-field use has also been developed.
as have separate cameras and portable
video recorders using the new format.

WHY NOT VHS OR BETA?

If vou aren’t intimately involved with
videotape recording. vou may be won-
dering why professional video produc-
tion houses didn’t simply modity ¢ither of
the two popular consumer videotape
formats to suit their needs. After all,
VHS and Beta VORs also use half-inch
wide tape and many of the new portables
now available for these popular systems
are amazingly sophisticated and. at the
same time, light enough to meet the needs
of video professionals who must often
carry their equipment for long periods of
time and into inhospitable environments.
While both VHS and Beta VCRs arc
amazingly intricate and technologically
advanced video svstems, the truth is that
the picture and sound quality that they
deliver is simply not good enough for
broadcast use. Remember. in broadcast
apphcations the videotape that's actually
sent out over the air may well be a few
generations removed from the original
tape shot by the news crew. which only
serves to further degrade the quality of
both picture and sound. If you doubt it
just look at the picture produced by a
2-inch wide videotape system (or even the
Yi-inch U-Matic system used by most
small professional video production
houses) to appreciate what good video
color pictures can look like-—even when
limited by the U.S. NTSC standards.

Figure 1. Products developed by RCA for
the Chroma Trak video recording system
include the two recorders shown flanking

an edqit controller.
Better still. audition a laser-tvpe video
disc, using a good TV monitor and vou’ll
see pictures having a video [requency
response up to 4.0 MHz or more, as
against response that rolls off quickly
above 2.0 MHs in both the Beta and the
VHS home videotaping formats.

CHROMA TRAK'S ADVANTAGES
Even compared with ¥%-inch U-Matic,
the color quality of the new Chroma Trak
svstem is dramatically better. Freedom
from color noise. streaky colors and even
improved color purity is very apparent.
Chroma Trak has twice the information-
packing density of U-Matic. Translated
to visual terms, this greater pachking
density means greatly improved picture
quality. Chrominance (color) resolution
v more than three times as great as ina
Y-inch video svstem. Chrominance
signal-to-noise ratio is improved by
approximately 10 dB. Chrominance-to-

luminance (brightness) registration is
improved by a factor of more than 3-to-1.
Luminance small-image detail is main-
tained. alfording a sharpness of picture
not previously obtainable except in wide-
tape stucio machines. Perhaps best ot all.
the Chiroma Trak signals are designed to
be recorded on standard. famihar VHS
cassettes which are readily available and
reasonably priced. compared with other
exclusivelv-professional tape packiges.

HOW CHROMA TRAK WORKS
Basically a dwal-rrack helical-scan
system. Chroma Trak records the
luniinance video signal on a track 7 mils
wide. while the color signal is recorded on
an accompanving. parallel track 2.5 mils
wide. These side-byv-side tracks are laid
down by a pair of heads mounted very
close 10 each other (See FIGURES 2 and
3). Each track is 3.7 inches long and,
taken together. they contain information

Audio 2 track

Audio | track

Darectin of
tape travel ————
L5aps)

Direvtioa of hwst travel
\ ERRLTTS
=,

Audio 3 track

Control track

Reference edge

Figure 2. Track layout for Chroma Trak

format.

www americanradiohistorv com
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FOR CLEAN SOUND

After WLEE installed
SONEX, people called about
the “clean, new sound!” Was it
new equipment?

No. The answer is simple
and inexpensive:

SONEX kills all the stray
reflections, so the mike
processes a clean signal of the
announcer’s voice. The
announcer hears himself in a
warm environment, and there's

COLOR
OPTIONS
AVAILABLE

Sonex is a product of lHibruck/USA

wWwWw.americanradiohistorv.com

less clutter to waste watts. The
result is a noiseless, clear
signal and greater market
penetration.

Get the facts today. SONEX
is available in five colors, in
three thicknesses, and in
standard four-ft. square
panels. Use it in broadcasting,
recording, videotaping or
performing areas for really
pure, clean sound.

Alplla
Audio

2049 West Broad Street
Richmond. Virginia 23220 (804) 358-3852

Acoustic Producls for the Audio Industry
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for one complete field of video. The tape
is wrapped 180 degrees around a drum
which is rotating at 29,97 revolutions per
sccond. The drum is 2.44 inches in
diameter. There are four longitudinal
tracks in addition to the angled video
track-pairs. Tracks 1 and 2 are used for
audio (stercois taken into account). track
3 may be used tor time code for post-
production editing and audio svnchro-
nization. and track 4 is the control track.

Now. here comes the important
additional difference between consumer-
type VHS video and the Chroma Trak
system. Longitudinal tape speed of the
new system s 8 inches per second. or
more than six times as fast asa VHStape
system operating at its fastest (SP/2
hour) speed. A T-120 videocassette will
therefore provide about 20 minutes of
record. play time. Since the main pur-
pose of the svstem is for use with cameras
{as in remote news-gathering operations),
this should not prove too much of a
problem. And in any event. if more
recording time is needed in the field. the
cameraman can simply pop in another
VHS cassette. All of the remotely-shot
videotape will be electronically edited
before broadcast anyway.

Tape travel

Tape wraps 180° around drum

Figure 3. The drum containing two pairs of
luminance and chroma heads rotates in the
same direction as the linearly-moving tape.

MAKEUP OF SIGNAL ON THE TAPE
Effective head-to-tape “writing speed™
works out to be about 225 inches per
second and. since the Chroma Trak
system boasts a recording capability of
27.000 Hz per inch, that means a
bandwidth capability of slightly in excess
of 6 MHZ! Whentiedinwitha*Hawkeye™
camera, recorder system. pure luminance
{Y as well as separate chroma | and Q)
signals are derived direcr/ from the
camera encoding matrix system. When a
camera is not used. a comb-filter type of
decoder derives separate Y, | and Q
signals. The three separate signals are
converted to frequency modulation prior
to being recorded onto the tape. The Y
signat causes FM deviation from 4.3
MH7 to 5.9 MH7 (peak white signal) and
occupies a band which extends out to
about 1) MHz. Because this signal is
purely monochrome, strong color sub-
carrier systems which have caused moire-
pattern interference in other video
recording schemes are totally absent.
The | and Q color signals are also
converted to FM. The | signal deviation
or modulation is from 5.0 to 6.0 MHz.

PICTURE QUALITY COMPARISON

Hawkeye Y4 inch
Chrominance Resolution 1.0 MHz 0.3 MH/
Chrominance Noise-SNR 48 db 38 dB
Chrominance Registration
3rd Generation 90 nsec 300 nsec J

Figure 5. Picture Quality Comparison.

while Q color signal deviation is from
0.75 to 1.25 MH7z. After suitable
preempbhasis these signals are combined
by simple addition. and fed to the color
track of the tape. The | FM signal isata
level high enough to serve as the record
bias for the lower-level Q signal, which is
recorded linearly.

Several of the problems that have
plagued previous videotape recording
systems are eliminated with this system.
We have already mentioned the elimina-
tion of the moire-pattern thanks to the
fact that the luminance and chrominance
channels are separately laid down on the
tape. In addition. since there is no sub-
carrier on the color track to be time-
modulated by jitter. there is a complete
absence of visible noise streaks often seen
on other video recording systems.
Furthermore. since differential phase
and gain are a result of intermodulation
between chrominance and luminance
signals. the Chroma Trak system, which
separates luminance and color signals,
does not suffer from these additional
signal faults. Ailthough RCA’s descrip-
tion of the Chroma Trak system says
nothing about audio fidelity of the sound
tracks of the new system. it doesn't take
much calculation to realize that tape
moving at 8 ips is going to yield a lot
better audio fidelity and signal-to-noise
ratio than it does moving at the standard
VHS tape speed of 1.31 ips or the Beta
speed of 0.79 ips.

The chart shown in FIGURE 4 shows
how video recording densities have
improved since the first video recorders
were produced more than two decades
ago. Recording density is shown in cycles
per inch of tape-to-head writing speed.
and the new RCA Chroma Trak system is
compared with the popular U-Matic %-
inch tape system and with earlier systems
such as Type C. Quadruplex and Quad.
The table shown in FIGURE 5 presents a

30.000
= 37,000
=
Z
o,
£ 000
3
>
)
= 13.000
2
5 10.000
= 10,000
= 7000
=
z
o
k'3
X

0
Quad  C-format  %inch  Hawkeye

Figure 4. Comparison of Recording
Densities.
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comparison of picture quality between
the RCA Hawkeye system and the
popular U-Matic system with regard to
color resolution. video signal-to-noise
ratio. and color-to-luminance registra-
tion. As the table shows. the major
improvement is in the guality of color
offered. In more technical terms. chromi-
nance noise has been reduced by more
than 3 to 1. This translates to a 10 dB
improvement in measured noise. and an
even more noticeable improvement in the
subjective effect. Chrominance-to-lumi-
nance registration has been improved by
more than 3 to 1. Finally. in the
luminance signal itself, small-image
detail 1s preserved. which tends to
eliminate the “cartoon™ look found on
many current ¥%-inch VCRs.

EASE OF EDITING

Earlier tape systems. which placed the
color subcarrier on the actual composite
videotape recording. forced the editor to
worry about color framing when editing.
The freedom to choose points at which to
edit was therefore limited to one of four
fields. Chroma Trak. which completely
eliminates the subcarrier from the tape
itself, allows editors to choose editing
points with the same freedom that existed
years ago. before the advent of color.
Also. the chance of making a bad
color-field edit. with its attendant “jump
left™ or “jump right "is totally eliminated.
According to RCA, Chroma Trak has
been enthusiastically received by a large
number of producers, directors, editors
and technical personnel who have
reviewed its specifications and observed
its performance.

AUDIO PARAMETERS

In writing the specifications {or their
proposal. RCA spelled out the specs for
the audio signal tracks. Recorder
reference level for 0 dB. usinga | kHz test
signal. is specified as 100 nWB m tape
flux per unit track width and a standard
volume level indicator (per ANSI/IEEE
Std. 152-1953-R1976) is also called for.
The Audio 1 track (in FIGURE 4) is
assigned for mono audio. For stereo
audio, audio track 1 is designated as left
channel while audio track 2 is right
channel. The time code track may also be
designated as a third audio track.

With the video industry seeking to
standardize a Y-inch (8§ mm) format for
consumer use, one wonders whether
the half-inch videotape formats now so
popular in consumer circles may not.
some day. become “strictly-pro™ tape
formats as video technology continues to
progress. ]
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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 Pholographs
ISBN 0-900524.98.7 ISSN 0260-8537

YEARBOOK 1982/83 | -

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 and containing over 650 pages, it contains
sections covering every conceivable pro-audio requirement. In
addition to the many product sections, there are sections covering

providing full details of Mains
countries.

\
138mm x 216mm Over 600 Black &
560 Pages lApprox| White Photographs
ISBN 0.7137.1144-2 ISSN 0140-2277

YEARBOOK 1982/83 | “

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 in the
video and related industries around the world.

Engineering and Consultancy Services, Jargon and Journals,
Computer Services and Training, and an important section

Power Supplies in almost 200

The 1982/3 edition of the PRO=-AUDIO YEARBOOK has been
completely revised and updated, providing even better coverage
of the ever expanding pro-audio market.

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

(] copies Pro-Audio Yearbook 1982/83 «w  $54.00 each Name
Company Name

[:] copies Video Yearbook 1982/83 i+  $54.00 each Address

{AN Prices include Surface Delivery. Please add $7.00 per book For Air Maill Phone Number ..........
Signed

D Please charge my Access American Express Diners Club Mastercard Visa card number (please delete as appropriate). Card holders address must be used

Card NO.eceeerc e [:] Please send by Air Parcel (see above) E] lenclose achequefor .. ...
ll) Please return the completed order form enclosing your full remittance (including delivery) or giving your credit card number, to: Ewmuw
e [FXPRE S

— Sagamore Publishing Co, 1120 Old Country Road, Plainview, New York 11803, USA.

{In NY State, add applicable sales tax}
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it is the purpose of any musical
performance, live or recorded, to
successfully communicate with the
listener. To attain that goal is often
a challenge — even for the most
experienced musicians, sound
personnel, and stage crew. At Peavey
we realize the criteria to be met
before this goal can be obtained.

MARK IV MONITOR MIXER

First, the musician must be
satisfied with the blend and balance
of the on-stage monitor mix. In
most concert type situations, the
musicians may demand anywhere
from two to six separate monitor
mixes. Qur new Mark IV™ Monitor
Mixer can supply this need with up
to eight individual monitor mixes.

The Mark IV™ Monitor Mixer is
available in 16 x 8 or 24 x 8
configurations and features
transformer balanced inputs and
outputs, 8 unbalanced outputs,
PFL/Solo headphone system, 10-
segment LED ladder displays for
each of the 8 outputs, auxiliary
inputs and low-cut controls for each
mix and a unique PFL/Solo patch.
The PFL/Solo patch is a highly
desirable feature that enables the
monitor engineer to patch any of the
mixes back into the switched inputs
so that externally equalized or
processed signals can be monitored.
This is a feature which is not usually
found on custom-made monitor
mixing systems costing $15,000 or
more.

Each channel of the Mark IV™
Monitor Mixer features LED status
indication of -10 dBV and +10 dBV,
an input gain control, 4-band
equalization, built-in mic splitter,
phase reversal switch, PFL and mute
switches, and 8 color-coded rotary
level controls which correspond to
color-coded slider level controls in
the output section.

To make the most out of the
Mark IV™ Monitor Mixer's
capabilities, we have equipped the
mixer with two separate built-in
communication systems. By utilizing
our optional headset or *“‘gooseneck
microphone,” the monitor mix
engineer can communicate with the
musicians through any of the 8
separate monitor mixers. This

talkback system will help alleviate
the problems musicians sometimes
have in establishing the proper on-
stage mix, especially if a previous
sound check was not possible.

MARK V™
OPTIONS

A second communication link
can also be established by the
monitor mix engineer between the
stage crew and lighting personnel by
utilizing the optional Talk/Comm
“slave’’ units. The Mark IV'™™
Monitor Mixer’s front panel utilizes
an LED indicator to alert the
engineer as a call function and also
shows when intercom is active.

MARK IV” MIXING CONSOLE

Next, the house (main) system
must be able to deliver crystal clear,
noisefree sound reproduction to the
associated equalizers, power amps
and horn/loudspeaker enclosures.
For the main PA, our new Mark IV**
Professional Mixing Consoles offer
the sound engineer the necessary
performance, flexibility and
functions to do almost any sound
job.

The Mark IV* Professional
Mixing Consoles are available in 16
or 24 channel versions (16/24 x 4
x 1} and feature transformer
balanced inputs and outputs, PFL
headphone system, 10-segment LED
ladder display for all outputs,
channel and sub output LED
indication (-10 dBV and +10 dBV),
internal reverb and effects/reverb
return to the monitors. The console
also utilizes a 24 volt phantom

Circle 33 on Reader Service Card

power supply, variable low-cut
controls on each sub (20 Hz to 500
Hz), and in-line patching facilities
between the sub outputs and the
sum. _

Each channel of the Mark IV™
mixing console features an input
gain control, two pre-monitor sends,
4-band equalization, effects/reverb
send control, pan control,
“push/push’’ channel assignment
switches, pre and post EQ,
send/reverb patching and PFL (pre-
fade listen) switch.

The Mark IV™ Professional
Mixing Console has two
complimentary communication
systems for use with our Mark IV™
Monitor Mixers, headsets, gooseneck
microphone and Talk/Comm “‘slave’
units. The Mark IV™ Series intercom
system allows communication
between the “house’’ and monitor
mix engineers as well as stage,
lighting and other associated concert
personnel.

Both the Mark IV™ Monitor
Mixer and the Mark IV
Professional Mixing Console feature
gooseneck lamp connectors (BNC)
with dimmer controls for use with
our optional gooseneck lamps. This
option allows superb visibility of the
mixers in poor lighting situations.

The Mark IV'* Series Monitor
Mixers and Professional Mixing
Consoles are the successful result of
our extensive research and
development efforts as well as
constant “monitoring” of the needs
of professional sound reinforcement
companies and soundmen. This
outstanding series of mixers
represents, we believe, truly
exceptional and professional
products that will outperform
competitive products retailing for
many times the price.

For complete information on
the Mark IV™ Series write to:
Peavey Electronics Corp., P.O. Box
2898, Meridian, MS 39301.

PEAVEY ELECTRONICS CORP.

711 A Street Meridian, MS 39301 ® 82
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 Sound Reinforcement

Combining HF and LF Elements

e [he first six columns in this series have pable of generating the following levels: Employing two loudspeakers in stereo

db September 1982

30

dealt with the building blocks of sound Input Power Distance Level would add 3 dB to the overall level ca-
reinforcement loudspeaker systems: low- (watts) (meters) (dB) pability. bringing it up 10 98.5 dB. How-
frequency components. high-frequency | | 93 ever, we are still about 6.5 dB shy of what
components, and dividing networks. In 10 1 103 we need.
this month’s column. we will see how 100 1 113
these components are specified 1o meet 150 | 115 Let us employ a pair of low-frequency
certain performance criteria and how 150 3 95.5 units in each stereo channel and sce what
they are matched.

In general. it is best to stick with a 1 watt
single manufacturer in arraying loud- =
speaker components. since itis likely that |
a gnen manutacturer's items will work ERTY =
together with minimal compromise. Al- 2 | DECL
though good interchangeability exists - attenmation
between like items made by several man- 5w
ufacturers. only experienced designers :; 0 o
should attempt 10 “mix and match™ be- = S Ll b L

tween manufacturers.

As cxamples of how systems go to-
gether, we will consider two designs: a
high-level music monitoring systemand a
speech reinforcement system for 4 large
auditorium. In working out these exam-
ples. we will be making two kinds of
sound pressure level calculations:

1. Fixed distance. variable-power in-
put. The equation for this is: Level (dB) =
10 log (P/P.). where P is the input
power and P, is the reference power.

2. Vanable distance. fixed-power in-
put. The equation for this is: Level (dB) =

-
|

LF \

Atlentation required for
POWLF response correction

{A) DRIVF REQUIREMENTS

300 watts

fe HOSSOVER

Capacitor for power
response correchion

g

High- pass
network

20 log (D D.). where D is the distance | L _ _ ] _tospad |

trom the loudspeaker and D, is the refer- = = =

ence distance. This last equation is an L¥
example ot the inverse square relation-

ship. where sound pressure level is ob- 1 I

served to fall off 6 dB per doubling of Low - pass

distance from the sound source in a free
tield, one essentially free of reflections.

MUSIC MONITORING SYSTEM

The specification is given here:

1. A two-channel stereo system must
be able to deliver sustained levels of

us begin with those requirements. Typi-
cal low-frequency transducers made for
monitoring systems have a [-watt.
I-meter sensitivity of about 93 dB and a
thermal power input rating of 150-200
watts. Such a transducer would be ca-

105 dB at a distance of 3 meters in a rela- correetion SO watts
tively-dead acoustical environment. . VA I\
2. The system bandwidth must extend Ve L
from 30 H; to 18 kHz.
3. The system must exhibit uniform o -  — -
horizontal dispersion of 90 degrees above Low puss 300 watts
| kHz. ! N
Generally, the low-frequency portion . 1 - — l/
of a system sets its outpost limits. so let l—

(BYSYSTEM LAYOUT. HIGH-LEVEL DtVIDING NETWORK

network

o——

\—i:ﬁﬂ

High pass and
power response

g

+
+
+
I‘
i’ﬂ
+

(C) BIAMPLIFIED CONFIGURATION =

Figure 1. A High-fevel music monitoring
system.
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www.americanradiohistory.com

the resulting capability s, A pair of low-
Irequency units can obviously handle
twice the input power of i single unit, and
this will resalt ina 3 dB inerease in level
capability. In addition to this, we have
the phenomenon of pudual coupling, in
which a pair of low-frequeney trans-
ducers behave as a single lurger trans-
ducer, increasing the output capabihty
by another 3 dB. 'hus, using a pair of
low-trequency transe'acers in cach chan-
nel and driving cach channel with 300
watts will produce & combined level of
[14.5 dB ata distance of 3 meters., This is
sutticiently close to our requirement ot
L15 dB. and the low-frequency design is
satislactory.

Ported low-trequency enclosures
should be used for maximum perform-
ance in the 30-35 Hy range. Enclosure
vohime should be chosen so that 30-Hy
tuning of the enclosures gives smooth
response.  Hereo a knowledge ot the
Fhiclke-Small parameters ol the driver
would be essential.

We have designed this system around
the continuous imput power capability ot
the drivers. In practice. there should be
more power available, since drivers of
the caliber used here would be capable
ol handhng peaks at least 3 dB greater
thin the continuous power rating.

I he high-frequency demands are rela-
tvels simple. 1For a crossover [reguency
of 300 Hy there are a number of radial
horns, constant coverage horns, and
horn-lens combinations which have ex-
cellent 90-degree horizontal coverage.
Lyprcally. these devices. coupled with
their appropriate igh-trequencey drivers,
cxhibit sensitivities ot about 108 dB. -
watt at I-micter. Accordingly, the high-
frequency part of the svstem will be

1iE

[0 od

at 1 meter

| watl

08 =

dB-SPL

1T

padded. or attenuated, signiticantly to
match the low-frequency part ol the
system. and this is shown in FIGURE 1L A
mid-band attenuation of 12 dB reduces
the effeetive high-trequeney sensitivity
lrom 108 dB 10 96 d B so that it matches
the sensitivity of the low-frequency pair of
drivers. Note that, at mid-band trequen-
cies, one watt at the high-frequencey input
results in only % watt reaching the high-
[requeney driver: therefore. system
power input of 300 watts s safely reduced
to about 38 watts, well within the rating
of a typical high-frequency driver.

It a constant coverage high-trequency
horn iy used. then there should be some
degree of power response correction
above 3 kHyz. This is shown in FiGgt RLUITB
in the (orm ol a by pass capacitor around
the loss pad. Lhis of course results in
more power being available tor the high-
(requency driver, and care must be taken
that excessive high-frequency program
does not enter this driver. Here, the
choice ot a smaller 4Y cm diaphragm
driver ora larger 10 enmvdiaphragm driver
becomes important, because of the
greater power handling capability of the
latter.

11 the system were to be stressed inthe
high-trequenes range. then it might be
appropriate 1o go 1o a three-way design,
CTOSSING OVET 10 CONPIEssion twecters
above, say. 8 kHs

Most manutacturers provide networks
with the requisite loss and frequencey divi-
ston tor matching the components of
the system deseribed here. Some provide,
m thewr networks, the required high-
frequency boost for correcting power re-
sponse as welll Ficure 1C shows the
biamplitied form of the svstem. which
is preferred in terms of overall lower dis-

| watt

XdB
attenualion

IC ROSSen TR
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Figure 2. A Speech reinforcement system.
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tortion. Manutacturer’s  recommenda-
tions regarding component placement
and polarity (phasing) should be care-
{ully tollowed for optimum performance
in the crossover region.

Finally, we have ignored the cffects
ol room retlections on output level. Even
in a relatively-dead environment there
would be some reinforcement in overall
level, perhaps as much as 2 or 3 dB.

SPEECH REINFORCEMENT
SYSTEM

The requirement here is for a single-
channel system capable of producing
peak levels of 100 dB at a distance of 30
meters. For this application, a large low-
frequeney  ported double-horn system
would be a logical choice. sinee high out-
put capability below 100 H/ is not re-
quired. A wvpical enclosure loaded with
medium-sensitivity. high-lincarity low-
frequency drivers will have an overall
sensitivity of perhaps 105 dB! [-watt at
I-meter. and will be able to handle 400
witts of input power. Level caleulations
are given below:

[nput Power Distance Level
{watts) (meters) dB)

| | 105

10 | 115

100 | 125
400 | 131
400 10 11
400 30 101

As we note, the low-trequency ported
double horn casily fits the requirements.
Again, we are discounting any inerease in
fevel due to retlected sound in the room.

Turning our attention to the high-fre-
quency part of the system. let us assume
that a 90-by—4) degree nominal coverage
pattern will be appropriate. Aty pical
constant coverage horn for this purpose
coupled to its recommended high-Ire-

quencey driver wilt have a sensitiviy off

about 113 dB. l-watt at | meter. F1G-
URE 2A shows the basie drive relation-
ships for the system. Note that the high-
frequencey section s padded 8 dB relative
to the low-frequency, and this means
that the power reaching the high-fre-
queney driver will be just about one-sixth
that presented at the input. Fherefore, a
500-watt amplifier driving this system
would never present more than 80 watts
to the high-frequencey driver. This is
within the range ol a typically "rugged-
ized™ 10 em diaphragm high-frequency
driver. and the system should be “coast-
mg” most ol the time.

F1GURE 2B shows how the system
would be laid out. Notlat power response
waould be called for here. sinee it is cus-
tomary to roll oft speech-only syvstems
above about 2 kHy at the rate of about
3 dB, octave. While biamplitication
would improve system performance. it
would not be necessary in such a system
as this. [ ]
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%} Editorial

Where there’s smoke, there’s an editorial

OMUTIMES FHIS PAGE 15 casy to write. Sometimes
it's not. Sometimes, it seems there isnt a fresh
thought within miles of this typewriter. (1t cowdefn t
be the typist.)

Or so 1t seemed one Friday afternoon. when the
publisher strolled by and hinted gently  as only a
publisher can do —that time was slipping away. He
expressed hiv concern subtly: "Where the hell is vour
SCe& editorial”!™™  or words to that effect.

As the reverberation died away. the phone rang
{mayvbe it was ringing all the time). offering a chance to
escape from all of this. and perhaps to return with an
editorial as well. The caller represented an insurance firm
ivestigating a damage claim for a truckload of audio
hardware that was just barbecued. some 1000 miles from
here.

In less time than 1t takes to sav "double indemnity,” we
were off to the airport and. not that much later. wading
through the earthly remains of a Ford F-700 truck.
scarching for traces of a vanished sound system. Still later
the same day (actually. verv early the next). we were back
home again. with an instant suntan. some very dirty
clothes. a few rolls of depressing pictures. and enough
fresh thoughts to fill up at least some of this page.

As we all know. fires are one of those little
inconveniences that happen only to other people, who
should have known enough 1o be prepared. The trouble
is. many of those other people think that they too are
immune from disaster. which is known to happen only 1o
still other people. Fyervnow and then. reality intrudes. as
it did to the once-proud owner of this mess. who was now
glumly picking through the rubble. looking for
salvageable traces of his empire.

Fortunately. he had a first-class policy. and an
insurance representative was on the scene almost as the
smoke cleared. Contrary to what the ads imply. the agent
was not shovelling money into the insured’s pockets. but
was methodically gathering what evidence he could to
arrive at an equitable settlement. Fortunately. a detailed
imventory of almost 20 pages was available (just like
vours. right?). The insurance company had insisted on
this list some time ago. when the policy was first issued.

Now. all that remained was to find sufficient trace of
the major items on the list to verify that they were indeed
on the truck before (and more important. during )the fire.
and. that they were worth what was being claimed.

Some 90 percent of the items were no problem to find.
Even in their new charcoal enclosures. the speaker
svstems were recognizable (not pretty. though). Mulu-
pair microphone cables. now the texture of fettucine.

were also casy enough to verify,

In the middle of the heap. a Calzone cquipment case
scemed to have survived both the fire and the fire
department. With some anxiety. the case was opened and
there sat the owner’s favorite Tektronix scope. a trifle
damp but otherwise none the worse for the experience.
Time out for a minor celebration. in the midst of
maurning.

Now comes the hard part: a major claim for lots of
dotlars-worth of custom-designed hardware. But how
much is a custom-built black box worth? The price of the
components may be negligible but the price of the idea
behind them may be bevand calculation. The price of the
finished product. when tand if) it reaches the market will
be somewhere in between.

If ity that commerciallv-available speaker svstem. a
few will know the actual value of the components. Still
fewer will know just how much develapment money went
into it. But evervone knows the market price tag.

Now let’s look at vour handful of charred components.
A parts catalog will tell anvone who cares that we're
looking at sav. $127.50 worth of scorched resistors, 1Cs
and such. But what catalog will tell us their worth. once
yvou've molded them into some wondrous new machine?
How much will vou ¢laim tor this mess? How much will
the insurance company want to give vou? The two figures
may not be cven close.

Perhaps it's not a black box full of hardware after all.
Maybe it’s just a white box. full of 24-track master tapes.
How much is that worth? It'sat about this point that the
chummy relationship between vou and vour agent starts
showing some signs of wear.

On the off-chance that he really wants to help vou.
consider his problem. if vou can forget about vour own
for the moment. He's got to convince some hbean-counter
back at the home office that this junk is worth the
millions vou claim. and not the petty cash that evervone
else savs its worth.

[0 vou have a good photo. taken before the disaster?
Is there a schematic available? Have vou already sold
onc. or something similar. to a satistied customer? Has an
independent outside source recently visited vour lab.
studio. or whatever? Can such a source verify the
approximate worth of yvour gear? Do vou have receipts
for goods purchased?- -for goods sold?

If the answer to most of these questions is *No." vou
may be in for some rough going. Oh, not vou. to whom
such disasters never come: we meant the others. Mavbe
vou'd better warn them. before it’s too late. JTMW
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Like father,
like son.

For roughly $10,000, you
can own the ultimate
analog mastering deck-
the Studer ABORC hailf-
inch two-track recorder.

Beyond your budget?
Well, for about 1/5 the price
you can own a Revox PRY9
compact professional
recorder It's made by the
same company, it draws on
the same wealth of
engineering expertise, and it
reflects the same philosophy
of design and construction—a
philosophy established by Willl
Studer over three decades ago.

The PR99's bloodlines are
evident in every detail...in the
precision-machined headblock, the
rugged die-cast chassis, the servo-
controlled capstan moter, and the Studer-
made heads. Professional design features
include a flat faceplate for easy head
access; edit switch to defeat tape lifters and
fast wind latching; tape dump button;
balanced XLR inputs and outputs switchable for
cdlibrated or uncalibrated mode; and two-way
self-sync with auto input switching. The PR?9 may
be ordered with 3¥.-7v2 or 7v2-15 ips tape speeds.
Vari-speed, full remote control, and monitor panel
available as options.

The PRP? now comes in console, rack mount
and transportation case versions. Check it out. Call
or write today for the location of your nedrest
dealer

The PR99. From the world’s most
respected name in recording.

SHUDER]-12"(¢) 4

STUBER REVOX AMERICA, INC. » 1425 Eim Hill Pike » Nashville. TN 37210 « (615) 254-5651
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SHERMAN KEENE

Digital recording is said to have reached the beginning of its
own era—and if the Soundstream Digital Editing Facility is any

indication—it has. ..

s ACH COMPANY I NGAGED Indigital recording equipment
manufacturing has gone a shghtly difterent wayv in
devcloping the mechanism of digital encoding. the

Wl computer codes used. and the features of the machines
they make. For example. some companies have developed
digital editing by the technigue of actually cutting the digital
master tape with a razor blade. Digital multitrack machines

Shernian Keene is the author of Practical Techniques
for the Recording Engineer.

exist with punch in/out capabihties (allowing overdubbing)
and machine-to-machine digital mixing has been developed
even including digital equalization which does not require
dropping back to analog. Soundstream. on the other hand. has
more or less bypassed the competition by not competing at all
in those areas of digital sound development which are hold-
overs from analcg multitrack recording techniques. Rather.
Soundstream has aimed squarely at simplicity. super-high
audio quality. ana rehability in their recording machines. They
have. however. developed a complex editing svstem. which is
wav ahcad of its time and its competition.

WWW americanradiohistorv com
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TALKING TO HAL

Soundstream has developed a “blue box™ whieh houses their
exceptional digital circuitry. The digital information is then
recorded using a stock. otf-the-shelf. Honevwell instrumenta-
non recorder. Using Soundstream electronics and Honevwell
transports. the company offers two-track. four-track and eight-
track digital recordings. The operation of their machines is
straightforward: when you record. you record on all tracks:
no overdubbing. You can’t record one track at a time and layer
vour production: the machine simply records an event  a live
one or a mixdown from (hopefully) a digitallv-recorded
multitrack project. Then. vou return to the control room of the
Soundstream computer facility and begin a dialog with "Hal™
(Hul. the computer  vou know).

Hal allows vou to digitally transfer vour music into his
randome-aceess. hard-disk. computer-storage devices from

which vou can accomplish any number of simple or vastly
complex post-production tasks. simply by asking Hal (via
computer terminal) that it be done.

The music storage capacity of two Soundstream computer
dish-paks s M minutes of stereo music but. by simply switching
one disk-puk while Hal is busy with the other one. an unlimited
length of continuous music is possible. You can hear the
polished. fimished version of vour pest-production changes.
improvements and corrections almost at once. I, upon hearing
your alteration. you like the etfect. you incerporate the new edit
function into the music. Onee entered into Hal's “edit tuble " the
computer will be able to play the corrected version fromnowon,

Since the music is in digital form, sampled in 1/50,000th
second (20 usec.) segments, you can be very precise about
where you want a computer-orchestrated change to begin and
end.

The most remarkable thing about computers (especially
hard-disk. random-access computers) is the speed with which

Crafted in Japan.

Proven in The States,

ToA

TOA Electronics, Inc.

480 Carlton Court

S. San Francisco, CA 94080

(415) 588-2538
Telex: 331-332

In Canada:

TOA Electronics, Inc.

10712-181 Street

Edmonton, Alberta T5S 1K8

(403) 489-5511

Toronto: (416) 624-2317

CONSOLES 32X8, 24X8, 16Xa.

Circle 35 on Reader Service Card
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the computer can access the information (in this case. the
musical section) the operator wants from literally trillions of
information bits. Consider: & three minute stereo recording. on
Soundstream’s hard-disk would process 2 (tracks) * 3 (minutes)
* 60 (seconds per minute) x 50.000 (samples per second) or |8
million digital samples. The Soundstream svstem usex a 16-bit
digital word. One bit is a positive or negative waveform
excursion “flag™ and the remaining 15 bits indicate what value
tamplitude) the waveform has above or below the zero-crossing
line. Fach digital word. therefore. can have a positive or
negative value of the number 2 raised to the 15th power. which
represents a range of music waveform values from +32.767 10

32,768 or a total range of 65.536 possible music wavetform
values stored for each track of music during cachsampling. This
would be 18 million (digital words) x 16 (bits per word) = 288
million digital bits of music wavetorm information carefully
stored away tor cach 3 minutes of stereo music. To be sure that
the computer doces not lose any of these tiny information
particles, health chech-up is done cach day. in which the
computer performs a complex edit function and then goes back
and cheeks itseltl to see that it did not lose even so much as a
single bit for the test piece of music.

I he¢ process of music production with the Soundstream
system sz (1) record the original master tape from i live
performance or the playback mix session of (hopetully) a
multitrack digital projeet, (2) transfer this reel-to-reel recording
to the disk system of the editor computer, (3) perform cdits
betwen takes. within takes and apply polishing touches (special
elfects. tightening ups. elegant cross-fades. ete.) to create the
finished product and (4) have the computer—using the
instructions created by the editing vession  transfer the original
music (moditied by vour editing changes) to a fresh reel-to-reel
digital tape creating an edited digital master. This edited master
tape can be copied. shipped. or carried 1o any disk mastering
Tacility, dubbing facility or wherever itis needed. [t is important
to keep in mind that all copies of this edited master are of equal
gquality: there is no difference between the original and any
generation following it, provided the digital tape recorder and
player machinery is working properly.

I'he Soundstream disk storage area is divided into three
partitions  a main region where the original music is stored. a
scrateh region where experiments are performed and the work
region where edits. cross fades and the edit table are stored.
Soundstream editing sessions never alter the original music
itself. Instead. only tables of numbers are created by the
computer in response to simple commands from the editor. The
computer later uses this Edit Table to remind itself which takes
were chosen, what edits were performed. what ceffects were

- decided upon, and where they all go in the music. Amazingly,

the computer can think fast enough to do all these
computations and perform all the required edits. while playving
back the still physically unaltered music it has in its main region,

15 54 30~
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Figure 1. Display of stereo image. Duration: 75 records
or 1.5 seconds. Roorn ambience leading to initial
attack of program material.

When the computer is plaving vour music with the edits vou
have created. this is what goes on behind the scenes. The
computer looks up which song is 10 be plaved first and. if there
are no polishing adjustments tothe introarea. begins by plaving
directly fromthe original music disk area (vou can be taping this
plavback or just listening). 1t follows the original musicstreamin
the main region while watching the work region for upcoming
instructions on edits, fades. etc. When it comes to a place where
an edit or other instruction is needed. it jJumps to another disk
location to pick up the proper music according to the
instructions it [eft foritselt in the edittable. No gaps in the music
occur because of: (1) the extreme speed at which the computer
“thinks.” (2) the computer’s ability to do several things at once
(like spooling music data at the same time 1t is looking up the
next edit task elsewhere on the disk) and (3) the use of the Butfer.
THE BUFFER

The Butfer ix an clectronic device which lets the computer
feed in data in chunks (the way computers like to supply
information) while allowing the data (the music) to come out
connected and smooth (the way humans like to hear it). Long
before (long in the frame of reference of the computer. that is)
the edited section is even played back. the computer has looked
up the instructions necessary to jump out of the “play -edited-
music” mode and has gone back to supplyving original.
unaltered music to the buffer or whatever its instruction table
has told it to do. A short time later this oviginal musie section,
smoothly joined to the edited section. comes out of the bufter
and is heard. Thus. the computers parts and picces are
connected into ultra-smooth music to be output to the listener.

What can vou do with the editor? Well, here is an up-to-the-
minute List of standard features: (1 buttedit. ( 2y cross-fade edit.
(3) cross fade. (4) clone a sound. (5) readjust the levels of ¢ither
or both sides of the edit. (6) edit or reposition one track while
not editing any other, (7) visually investigate a music section to
set an edit point by using the graphic display and the Bit Pad. (8)
interpolate between o pieces of moderately or wildlv different
music data so that a “rough™ splice which might never have
worked using analog methods, can be made towork, (9) replace
distracting ambicnee with more suitable ambience (or dead
silence. it 1t s preferred) around dialog or other intermittent
program.

DEFINITIONS

By wav of explanation of the forgoing list:

Butt edit. Thix ix what the engineer does when he cuts an
analog tape and edits the new head piece to the old tail picce. A
big difference with Soundstream digital editing is that you can
try moving the edit point forwards and backwards on both the
head and tail picce in microscopic steps without actually
damaging the tape as you would when trving this with actual
tape. In addition. since the Soundstream system keeps a
separate edit table and does not make edits by actually altering
the original music. any edit can be re-done at any time without
having to re-do the remainder of the musical program. as is
necessary with machine-to-machine digital editing. Some tape-
to-tape editing svstems require you to re-do af/ edits from where
vou are until the song’send. should voudecide toalter oradd an
edit within the song!

Cross-fade edit. A quick cross-fude at the edit point, between
similar musical sections. to help the edit work smoothly. This is
what you would get il you could manage a very long diamond-
shaped razor-blade cut. Fhe tml of. say. the tirst prece would
come 1o a narrow point in the center of the tape. while the head
of the next picce would form a long V-shaped notch. With such
a remarkable cut. both stereo tracks would “slide™ from the
previous old piece 1o the edited-on new picce. This is. of course.
impossible to do manually but very easy with the computer. A
similar result might be achieved using analog methods at some
loss of quality and patience by dubbing the two sections to be
cross-faded to two SMPTE-controlled auxiliary machines. By
finding the proper SMPTE offset. svnchronizing the two
machines and moving four faders smartly. one might be able to
duplicate in 30 or so minutes a procedure which takes all of
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Figure 2 Display of left channel lead-out and lead-in
focations Duratron - one (1) record or 1/50th of a second
Allows waveform comparison between takes at sphce

point Assists in deterrmunming a smear width value to

provide an tnaudible splice
several seconds to do by Soundstream™ computer. This
techniyue makes for beautiful-sounding edits because. in most
cases. cross-fades are much more “invisible™ to the car.

Cross-fade. A transition between different musical progranis:
an alternative to the fade-to-silence and re-intro scheme of
song-to-song transition. You can request a cross-fade from Hal,
and hear italmost immediately. To be tair, long cross-lades (20
seconds and more) take a while to process because of the
astronomical number of bits which the computeris intermixing
For vou while it is "away “doing its tireless bookkeeping. On the
other hand. the computer’s cross-tades are beautiful: crisp,
clear. and the music comes back hard as nails. Since the musicis
blended digitally. vou still have first-generation music quahity
(it vour project has been completely digital, that is). Entire
albums without a single “dull moment™ are now possible by
cleverly superimposing background sounds over introspective
moments, adding crystal clear ambience and cross-lading
between cuts or interludes.

Clone a sound. Something only the most energetic engineers
have cver tricd—usually because they had accidentally
damaged a small piece of the master tape which theyv desperately
needed to replace. They would do so by copying (cloning) a
piece from another similar part of the master and “fudging™ it
inta the position of the crumpled original piece. To clone at
Soundstream. vou indicate the time frame (a note, a bar, a
phrase. etc.) vou would like to clone. specify the number of
times vou want the computer to clone it and instruct Hal where
vou want the clone placed in the music. Several adjustments
mav be performed during cloning  like level mateh. duration
tnimming and entry and exit point manipulation. Remember,
these location decisions can be assigned or moved around
within the music to an accuracy of 1 50.000th of a second,
Usually though. a wider edit-point window is more practical
something like 1 100th of a second or so.

Readjust the levels. Something which vou just can’t do while
manually editing analog tapes (unless vou want to drop a
generation while experimenting with altered levels leading into
or out of the edit, that is). The levels of the music at each side of
an analog tape splice are set at min ume; if a fader gets
accidentally bumped between mises. then the mixes are not
level-compatible and that™s that. Fyen with digitally selectable
edit points and cross-tade technigues, a difficult edit may stlt
sound jarring until vou try a level offset at the splice point. | his
level correction can be smoothed back to normal levels over a
suitable time period. recouping any level lost or gained.

Note-bv-note level adjustments can be made i desired.
Suppose yvou had a piano selo recorded with a particularly
rough passage which really taxed the performer. One of the
notes in the passage was hit too softly. You can “invade™ the
existing piano recording note-byv-note and re-set the level of any

note or netes to am level vou like (byv setting a new level
parameter at the computer kevboard). Along these same lines.
by cloning (1o lengthenjor “nibbling” (to shorten). bits of a note
vou can adjust the 1 ENGTH of any note of the piano solo,
taking up the musical“slack "ot gained or lost time elsewhere by
simple arithmetic.

Edit or reposition one track. This would be like trving to edit
or time-displace track 3 of an 8-track tape while not affecting
triscks 1.2 and 4 through 8. Tryv /iy one with analog tape and a
rasor blade! Ihat™s right. the computerdoesnt mind it vou want
1o tidy up the entrances of the background singers ton ~say, track
Y whocamein late at each chorus, You can delete some sitence
prior to their entrance and add an identical quantty of silence
clsewhere to square the time up again. 1 that doesn’tsound too
good. try deleting the opening silence and then lengthening the
singer’s first note by clomng it to just the right length <o that
their first phrase stretches out to where it used toend onginally,
E v our sense of humor gets the best of you. you ¢an “lay in™
another word instead of the one they sung  substitute a noise or
musical note  really. anyvthing vou can imagine, the computer
will do. And if the computer’s stock repertoire ol features
doesn™t have o function the client wants. an emergency
programming sesston in Salt Lake City may be feasible to
imvent the soltware needed to fix it in the edit.”™ 1 his s the real
power Soundstream has over it competition: their editing
computer i~ almost infinitely expandable in ity abilities,
requiring onhv o god suggestion and a clever computer
programmet to implement it.
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Figure 3. Display showing a click within program material.
Scale s two (2) records or 1 25th of a second.

Yisually investigate (in addition to listening, of course) a
musical section to set an edit point. Have voueverdone a sound
check with dead guict ambicnce only to hear a mysterious (urry
of clicks and pops once the actual recording phase of the session
begins? T he Soundstream computer is a champ at cleaning up
ticks, clicks and pops. You can use a graphic visual display,
point out the little troublemakers to the computer, and let Hat
get rid of them. You point out edit locations by using a Bit Pad
in conjunction with the video display. Lhe Bit Pad is a small
magnetically-sensitive drawing board on which vou “draw™
with an ¢lectronic penceil. This method allows editing by eve as
well as by car. Fditing begins by requesting that the computer
“paint”a given time period of the nrusical waveform on a video
display. Instead of typing ina lTurry of instructions indicating
the parameters of the edit. simply move a small indicator (about
the size of a cassette) around on the Bit Pad while watching the
video displav. As the computer senses the signal from the
indicator, it displays a bright dot on the screen along with the
music display.

Now move this dot to the begimning of the musical wasctorm
edit location voure wterested i (by shding the bit-pad styvius
around) and press the bit-pad indicitor button, Now. moving
the bit-pad indicator dot to the exit point onthe wanvetorn. yvou
press the button once again and the computer knows cxacth
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what vou want to remotve Al the edit-point information the
computer needs iscaleulated automatically. he graphics which
are displayed durmg this tunction are particularly beautitul und
curious: a look at music from a heretotore unanailable point ot
vicw

Since the music which was buried by the “pop™is invisible to
the computer. the wareform values on either side may not line
up. lojustconnect the two ends of the broken wareform with a
strarght vertical hine would cause o “mini-squarewave™ that
would be nearly as andible as the pop which was removed. In
order to conneet the gap caused by the removal of a noise. one
stmply asks the computer to study the waseforms on cach side
ol the gap. and interpolate.

Interpolate between two picces of moderately or wildly
different music data. I you try to splice two picees of tape that
really don’t go with cach other using the old analog method. you
might try to make the edit work by shaving little pieces of tape
oft one or both ¢nds ol the splice area. After a littke
eapernimenting, your tape ends become o shortened that vou
can’'t even put the original music back together again, should
vou decide that the splice isn't going to work afterall. This kind
ot analog t-and-muss “fin-it" editing is particularly annosing.
With the computer on your ~side. however. a splendid and
complex mathematical computation is put to work 1o adjust the
audio wanelorms o match cach other in spite of themselves. A
soltware pachage was recently completed which automatically
tooks at the winveforms at either side of the splice and makes up
a Thest guess™ as to what the removed waveform would have
looked like. Thus, many pops can be removed. one after the
other, without disturbing (shortening) the temporal quality of
the music. This precision methodology seldom fails to work.,
and even il it shouldn't, there is still the battery ol other
functions which vou can tny

All these methods can be tried on a particularly difficult
splice in the time it takes to do even one “explorators ™ splice
with a rasor blade.

A major record label. while in the process ol archiving their
analog tapes. Tound that hundreds ot splices had crept apart.
Once the musie was entered into the Soundstream computer.
these wavward splices were found and closed up. Both the
archive original copy (with the gaps) and the archive repaired
digital masters (with the gaps removed) are now stored anay
safe from the degradation which analog tape recordings sufter
over long periods of time.

Ambience Replacement. This process is particularly
annoyving becatse you must edit around everr note or word.,
replacing the original ambience with a more suitable or
acceptable background sound. Consider a narration recording
where two actors have an argument. The background ambience
i totally guiet. Later. the producer re-records one half of the
argament (one actor’s part) and has these responses edited into
the original recording. [t s then that he notices that the edited
master sounds artificial because when one actor speaks, there is

HORI L T
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Figure 4 Expanded view of #3 with a scale of 200 samples
or 1 250th of asecond Altows foreither precise iocation of
edit points or mrerpolation points lor removal

silence. while when the other speaks. there is (let's sav) a water-
running noise in the background. In order to proceed. the
praoducer will have to cut the ambient 1ape pieces out of the
“repaired” actors recordings and replace these pieces with
“dead™ air to match the background of the original recording.
What even worse is if the entire original recording has (it is
discovered later) unaceeptable background ambience! Then alt
the silences between cach word (or at least between sentences)
must be replaced. At Soundstream. this process is quite simple,
using the bit pad. 'ne unwanted ambience can be cither
remosed. creating dead silence between speeches, or the
original ambience can be replaced with a suitable background
sound borrowed from another recording.

BLACK BOXES AND DIGITAL MIXERS

yigital music from other manufacturers™ digital tape
machines can also be loaded into the Soundstream computer
forediting. This is possible because the computer has a “black
box.” containing a user-adjustable sampling freguency
comerter which can be set to whatever value is needed to
property read the loreign digital mtormation. | hese digital
tapes can now be edited with all the power of the Soundstream
software brought to bear on them. Once fully edited. the
linished nusic may be translerred back to the host recording
machine for further usc in the outside world.

Frgure 5. The bit pad and storage scope display

Soundstream is now working on new hardware to enable
their editor and tape machines to act in a “slave”™ role for
SMPTE synchronizer work. Adding this feature to their
cquipment will open up a whole new field of work to them
including advanced video sound and digital sound for film
work. Also. thev are hard at work to perfect a remarkable,
inexpensive digital playback device for the home which uses
thin plastic card as the musie storage medium. The music is
recorered from‘the card by a laser. (More on this AudioFile
card svstem in a later issue of db Ed.)

I would like to close with an incredible Soundstrean story
illustrating their ability to respond to special circumstances.
For the old Caruso masters which Soundstream worked on,
they imvented a really amazing computer program to restore
naturalness to the sound of the music which had been originally
recorded onto disk through a megaphone. Megaphones
(mounted backwards  large end toward the music) were once
used to concentrate the sound so that it would properly vi-
brate a diaphragm which then cut the music onto a4 wax disk.
I'his made eversthing sound horn-like. Soundstream taught the
computer the actual physies of sound passing through a horn
and then instructed the computer to work backwards  to “de-
horn™ the sound. 1t worked.

My special thanks 1o Jim Wolvington (chief pilot of the
Soundstream editing computery and Gregg Stephens (chiet
technical engineer) in Los Angeles and to Bob Ingebretsen (a
compiny Viee Presidenty and Dane Brewer(electronic engineer
extraordinaire) in Salt 1ake City for their tume and coop-
cration. u
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The Man Behind
Soundstream

The poteniial for absoluiely superb audio
fidelity offered by the use of digital methods can
he completely lost in the A-D and/ or D-A con-
verters emploved unless some basic, but not-
so-obvious, performance specifications are mel.

HE WORDS ARD FROM an abstract of an AFS paper
presented at the Societys st comvention. in 1971,
The paper was read by an associate professor ot
Computer Scienee at the Universiny of Utah,

In the intervening vears. the professor continued his pursuit
of superb audio fidehity, and eventually —as protessors
sometimes do - started up a hittle company of his own, By now,
some 30 conventions later. the company and its founder have
become quite weli-known in the recording world.

Soundstream. Inc. has digitally recorded about 200 albums,
and Dr. Thomas G. Stockham will become AES president next
month, at the Society™ 72nd convention. Apparently, what
began as a part-time hobby has become a tull-time pursuit.

Perhaps Stockham™s most enduring (and endearing) trait s
his use of the tanguage. While others may prefer tospinwebs of
verbiage every time the mouth is open (which s often). the
Stockham technigue is one of instant access. no doubt a result
ol hix computer background. Often. a Stockham response
begins even before the inguiry has ended —especially at public .
gatherings when a question from the floor shows signs of
turning into a doctoral dissertation. At a recent seminar on
digital technology. Stockham delighted his audience by
delivering more information in five minutes than some of his
learned colleagues were able to expound in fifty.

www americanradiohistorv com

2861 J1eqwardas qp

6¢€


www.americanradiohistory.com

db September 1982

40

“I was never really satisfied with recording
quality... The tape recorder was a particu-
larly frustrating instrument.”

After watching the doctor in action. it occurred to your
reporter that it was time to go off 1o Salt Lake City to learn a
little more about the Soundstream operation. and of course,
about Thomas G. Stockham.

THE EARLY YEARS

Stockham’s interest in audio began in high school. where he
made the usual recordings of the school band. But even then he
was vaguely dissatisfied with what he heard. *1 was never really
satisfied with the recording quality. and the tape recorder was a
particularly frustrating instrument to me. 1t just didn't seem
possible to capture all of the 'live” feed. Back in the early "50s. i
knew this would all change. Tape recorders would improve
vastly. But it didn't happen.™

FM stereo was a disappointment. as Stockham perceived a
back-sliding of broadcast audio quality. The rapid growth of
television didn’t help either. Thinking back. “In 1946. the big
cvent in broadcasting was two consecutive Friday evening
performances of ‘La Traviata.”™ Thinking not-so-far back.
“What were the big events of the last ten years? They were
certainly televised. with audio playing an almost-zero (maybe 5-
10 percent) role.™

Although recording technology didnt actually back-slide. it
didn't move ahead fast enough either. Stockham looked (and
listened) in vain for vast improvements. Although good stereo
recordings were now being made. he was personally interested
in other things— removing wow-and-flutter aberrations.
cleaning up headroom. getting rid of hiss. low-frequencies
anamolies and print-through.

In short. Stockham was searching for the recorder—the
digital recorder that did not vet exist. And. as his career in
teaching and computer science developed. he found less and less
time to pursue his frustrating hobby. But things have a way of
changing.

THE BOSE EXPERIMENT

“In the earlv "60s. | was doing some research at MIT, and
discovered some things that made me think it would be possible
to improve tape recording. 1 was working with DDr. Amar Bose.
A few vears earlier, he had started his speaker researchas an EE
project. At first. it was sort of a Saturday 'Sunday hobby thing.
He began investigating some basic acoustic issues which also
interested me a lot {they had some big computing implications).
The idea was: What does a room do to a sound?

“At the time, the contention was that much of the
dissatisfaction with foudspeaker performance was because you
were ‘re-launching’ the waveform in a second room. We wanted
to find out just how significant that second room was. Bose
hypothesized that the effect was considerable. And 1
hypothesized that we could simulate the notion of a perfect
loudspeaker. even if we couldn't build one. Instead. we could
‘probe’ a room, and measure its acoustics. Then. with a digital

computer. we could simulate the effect that these acoustics
would have on the original recording. without actually going
through a real loudspeaker. In other words. we could ‘degrade’
the audio with the characteristics of the room onlyv. Then. we
could compare these recordings with recordings made in the
room using a loudspeaker.

“Eventually. we could separately determine the effects of the
room and of the loudspeaker. and get a feeling for where the
problems were. To do all this. we made digital recordings of
phonograph records and tapes. and then processed them with
the room characteristics.

“The project got underway with ‘home-brew’ equipment—
early | 1-and 12-bit A/D and D A converters, our own digital
filters and amplifiers. and a computer memory. We connected
the electronics to the converters, the converters 1o the
computer. and we were in business.

“By 1962. we were digitizing audio. Our first “high-quality™
recordings had a 25 kHz sampling frequency. a 10 kHz
bandwidth. and were only minutes long. We weren't interested
in ultra-high frequency response. although we did have the
capability to sample at 37.5 kHz and did some experiments at
this frequency. However. we kept the sampling frequency lower
for the acoustic experiments. in order to keep the computing
time down.

“We simulated the effect of putting a sound through a room
over and over again. After five or six passes through the room
characteristics (via computer), all sounds were alike. It sounded
like pink noise. with a cacophony of ringing.”

And so began Stockham’s early digital work. in a search for
new ways to process information. The computer was his ideal
laboratory tool for testing new ideas. for moving forward in
research. and best of all. for “plaving™ with audio recording.
Soon enough. he realized that the way to make a recorder that
would transcend the traditional limitations of the medium was
10 go digital. But at the time. there was just no practical way to
get all those bits onto a piece of tape. 1t was possible. but the
cost was astronomical. As Stockham puts it. “It took 15 more
years until the astronomical absurdity had been reduced to
merely being outrageously expensive.”

“The early Caruso restorations of old 78s (released by RCA}
was another test of our theories. We blended signals by
convolution. Imagine a blurred photograph in which the *signal’
vou want has been altered by a linear system whose
characteristics are unknown. To get rid of the effect. you must
do a Fourier analysis. and the Caruso project was a
demonstration that thiskind of thing will work.”(Forotherdem-
onstrations, see Robert Berkovitz's feature in this issue—Ed.)
Ed)

In 1976, Stockham arranged the necessary financing, and
started Soundstream. His first digital tape recorder was
demonstrated to the Audio Engineering Society in late 1976,

'

“At MIT, | discovered some things that
made me think it would be possible to
improve tape recording.”
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and Richard Warnock presented a paper on “Longitudinal
Digital Recording of Audio™ (AES preprint 1 169). A second-
generation system was demonstrated to the AES the next year,
and it attracted wide interest, but no customers. Coming from
the academic/research world. Stockham wasn’t prepared for
the economics of the recording industry. And the recording
industry wasn't prepared to gamble hard cash on Stockham’s
machinery. At the end of six months. the recorder was
withdrawn from the market, and Soundstream was reoriented
from recording sales to recording service.

THE SOUNDSTREAM RECORDING SERVICE

For Stockham, “This worked out beautifully. We're
personally responsible for more than one-quarter of the digital
recordings that are now being made world-wide.

*Our present service is in three segments: recording. editing.
and disc mastering. For recording and editing. we always
provide an engineer. We don't insist any more. but none of our
clients have done without our engineer. who is nos the session
engineer, though many of them have that capability. Generally.
our clients prefer to keep that responsibility for themselves. so
our man simply assures that everything is functioning
properly.”

As for getting ready for a digital session, Stockham advises.
*Just pull out your (analog) recorder and substitute ours.
Beyond that. be aware that the medium has a much-higher
dynamic range. and much-lower distortion. DDon’t throw away
these advantages by imposing the traditional operational
functions of analog—gain riding. for example. And be sure
your microphones have dynamic range and recording
characteristics that are up-to-digital.”

At a more subtle level, the Soundstream engineer may make
some suggestions about microphone placement. Current
practice is based somewhat on the limitations of analog tape.
and these limitations are largely removed in digital recording.
Stockham suggests miking for a direct-to-disc. or live-type of
session. and capturing the sound of the performance. Later on,
worry about the limitations of the disc. This could be a good
hedge against future improvements in disc quality, which will
allow the engineer to deliver greater dynamic range to the
customer.

At first, Soundstream engineers quickly found that clients
did not solicit advice on how to record their sessions. However.
the “I can do it myself™ attitude is gradually improving. as
engineers and producers become more comfortable around this
new breed of equipment.
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Figure 1. The Soundstream digital tape recorder's
alectronics emphasize data reiiability first, with a minimum
of bells-and-whisties on the front panel.

With the Soundsteam business now exclusively service-
oriented. later-generation hardware has been tailored towards
service. and away from sales. This means going heavy on
systems reliability, and light on the bells-and-whistles (see
FIGURE 1). *Our machine is designed and manufactured
exclusively by us. our concept. ourdesigns, our engineering. our
maintenance. Our studies have shown that if we were to now
offer a machine for sale. we would be forced to make adifferent
set of engineering choices. For example, we'd have to work
towards lower-cost, mass-producible circuits.”

RECORDING FORMAT

Soundstream offers a maximum of eight channels. Most of
the digital work so far is classical, or at least is recorded in the
classical manner. Of course. the top-40 market needs more
channel capacity. but Soundstream is not yet in a position to
provide it.

Looking ahead toward greater channel capacity. Stockham
feels that it’s not possible to put more channels on a piece of tape
and still maintain the Soundstream level of data reliability. His
machines have a three-level error detection-and-correction
system built in. On the front panel. a series of LEDs (one per
channel) indicate error concealment. If one single bit is wrong.
one of these lights comes on., and stavs on. “Maybe one light
comes on in a week. generally due to a tape problem.”

A second bank of lights indicate every incident of errors that
are corrected. and a third set warns of the possibilit of an error
occurring.

“We're personally responsible for more than
one-quarter of the digital recordings that
are now being made.”

CRITICIZING DIGITAL AUDIO

Anyone who reads the Sunday supplement on Arts and
Leisure has surely seen lots of dumb descriptions of what's
wrong with digital recording. The favorite “explanation™ by
authors in search of authority is to say they miss all those little
bits of beautiful music that get lost in-between samples. Such
critics might be well-advised to stop trying to explain things
they don’t understand. and be content with *1 don't like it—
period.” However, even if we ignore all the nonsense that gets
into print, there is still a recurring “something-is-wrong™ feeling
out there.

Stockham doesn't lose much sleep over this. *In 1925, the
critics didn't like electric recording. Later on, they didn't like the
Ip. Still later. they didn't like stereo.™ Apparently. if you believe
everything you read. the art of recording has been steadily
declining. ever since it was invented. Actually, part of the
criticism is simply a resistance to something that’s different. It’s
a new medium, and therefore not as familiar as the old.

“Maybe. the recording is better, and the customer doesn’t like
that.” For any art form, getting closer to life is a risky business.
Early photographers were not warmly received by viewers who
had grown up seeing the world in a sketch or painting. Today,
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we know better. If not. Stockham reminds us: “Like any other
art. the imperfections of the recording medium are used. and
become an almost-subliminal factor. When these limits are
changed. people object.™

INSTANT-ACCESS EDITING SYSTEM

To this observer at least. ten minutes on a Soundstream
editing session is more than enough to make a digital disciple
out of any non-belicver. What can it do? At risk of answeringa
question with a question. what would vou like done?

The system is nothing more (or rather. nothing less) than a
computer. Like any other computer. its boundary limits are
pretty much a function of the programmer’s imagination. (For
more specific details. see Sherman Keene's feature article in this
Issue.)

Simply stated. the completesystemconsists of a transferroom.
from which the eight (or less) channels of the master recording
are loaded into the computer memory. With apologies in
advance to Dr. Stockham for putting it this way. its just like
loading PPac-Man into your Atari (only more fun).

|C—_+- |

|

Figure 2. Dr.Stockham, with his PDP-1160 in the
background. and an earlier prototype system up-front.

I'he computer (FIGURF 2). which lives in a nearby room. is a
PDP-1160 from —where else? - Digital Equipment Corp. Its
memory consists of two Century Data 300 Mcegabyte hard-disk
drives. capable of holding 34 minutes of on-line stereo program.
Of course. more drives could be added. but at 20 kilobucks

Figure 3. Senior editor Denis Mecham replaces the disk
pack on one of the Century Data drive systems.

each. this will probably not happen until the prices come down.
In practice. there's little or no need for additional drives. since
cach disk pack can easily be replaced while the other is being
accessed (FIGURF 3).

In the editing room. the operator sits at a computer terminal
with the usual kevboard and CRT (FIGURE 4). An adjacent
scope displays waveforms and a digital tablet moves a cursor
around the waveform for micro-surgery on those really tough
editing sessions.

Figure 4. An editor’s eye-view of instant-Access
digital editing.

As tapes are loaded into memory. they are named (as 1n.
SAVE TAKE 3. or whatever). During editing. any program
segment may be played back without waiting. simply by typing
in the name of the segment and depressing the PLAY button. It
certainly is instant-access editing. and the next segment can be
on-line just as soon as you can type its name. If you're really in
a hurry. ten segments can be assigned to single-stroke soft keys.

Figure 5. The CRT screen, with a facefull of information
that only a digital editor could love.

As the operator decides on suitable edit points. the short
segues between outgoing and incoming takes are stored in a
separate memory location. Aside from that. there is actually no
edited music- -not vet, anyway. So far. the only program is the
one you've written into the computer. As usual. it's just a series
of sequential instructions which the computer will dutifully
obey. when and if you type RUN. Then. the computer plays
vour edited program. Exceptitisn‘treally edited at all. In fact. it
doesn’t even exist. What you are hearing is the computer
instantly accessing the various program segments you've
requested. If vou like what you hear. you can save it on tape. If
not. vou can do some more editing. Best of all. having second
thoughts about an edit in the middle of the program does not
require re-doing everything that follows. Just change the
necessary instruction. and its done.

l.ike Tom Stockham. the Soundstream Instant-Access
Editing System doesn’t waste time yours or its. a
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‘No noise, nor silence,

ut one e

John Donne, 1571-1631

The new Klark-Teknik high-
performance DN30/30 graphic
equaliser offers much more than
just a quiet ability to balance
channels right across the audio
spectrum. Thoughtful ergonomics
are backed by a new circuit design
breakthrough using ultra-stable
microelectronic filter networks to
set performance standards
comparable with Klark-Teknik s
‘golden oldie’ the DN27A. The
DN30/30 is the equaliser to boost a
studio’s reputation, meet
broadcasting specs in less
rackspace, cut costs and,
equipment failures on the road —
because . ..
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SOME MORE

EQUAL THAN OTHERS

The microprocessor-based DN60
Spectrum Analyser and RT60
Reverberation Analysers provide
LED matrix display of system,
performer and studio response at
30 frequencies identical with those
of the DN30/30.

It fits two matched high
specification graphic channels into
a single unit, each providing ¥
octave equalisation over a full 30
1SO centre frequencies.

It gives fine fingertip low=
frequency control covering the
subwoofer range down to 25Hz —
with touch-sensed centre detents,
selectable cut boost level range and
fail-safe design giving extra
certainty during live events.

qual music!

F 4

Its advanced design, tough
construction, stringent testing and
long burn-in exceed even Klark-
Teknik'’s previously high standards
for reliability and consistent
performance on the road.

For technical information ask for:
Our DN60/RT60 Data Sheet.
Our DN30/30 Data Sheet.
Our Application Notes on
equalisation.

HLARH TERMIK

sound science

klark-Teknik Electronics Inc.

262a Eastern Parkway, Farmingdale, NY 11735, USA.
Telephone: 1516) 249-3660

Omnimedia Corporation Limited

9653 Cote de Liesse/Dorval, Quebec H9P 1A3, Canada.
Telephone: (513) 636 9971

Manufacnired by Klark-Teknik Research Limited, England.
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RICHARD KOZIOL and ALFRED D’ALESSIO

To Build

the Impossible Dream:
A Sound-Iinsulated

Performance Studio Comes
to the Big Apple

An inside look at one of New York's newest concert halls.

I COULDNT HAVE had a more hostile environment

in which to create a live performance studio for

WNCN. Yet by opening night. April 21. 1982,

WNCN unveiled a finished product fit for the likes
of Aaron Copland. Beverly Sills. Ruth Laredo and the host of
other classical artists who took part in the four-hour concert
which was broadcast live from the studio.

The studio had been promised to WNCN in 1976. when GAF
Corporation purchased the station. [t was to be fashioned from
raw space located to the rear of WNCN's broadcasting facility
at 1180 Avenuc of the Americas in Manhattan. The space had
been so-designated at the time of purchase. But until we got the
go-ahead to build the performance studio. the space. occupying
approximately 3.000 square feet on the building’s fifth and sixth
floors. had been primarily used for storage.

Richard Koziol is Chief Engineer for WNCN,

Alfred 1’ Alexsio heads 4. W. D 'Alessio Associates

of New York Citr, a svstems and acoustic consulting firm
Sor the television and sound recording media.

As we got started on our plans for the new studio. we were
immediately faced with our first challenge. The studio would
have 10 be built in two stages. Phase | of the project would entail
creating a studio environment which would be conducive 1o live
broadcast performances by small groups. Since the Phase |
project was somewhat experimental. the budget would be much
smaller than for Phase !I—in which we would build a control
room. as well as complete the performance space by floating the
entire studio on a suspended floor. acoustically isolated from
the rest of the building.

In undertaking the project. we had to draw plans for both
phases, even though Phase 1! might be years away. We were
charged with ensuring that plans for each phase would
coordinate with the other. so that in building Phase 11. the
Phase | work would not be destroved.
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THE BIG PROBLEM: NOISE

Belore even doing our prelinunary measurements. we knew
that our biggest problem in constructing the studio would be
insulating 1t against nose. Which cante from two major sources.

I'he hack of the building, which is where the studio would be
located. laces an allev. and part of that alley faces a street. In
addition to the street noise. which ecloes 1n the allevwav. we
also found noise dumped into the alley by the air conditioning
svstems of other wenants in the building.

A more threatening source of noise was located in the studio
it a mwet™ column which runs the length of the building In
this column are located steam pepes. drain pipes. and water
pipes hooked iato the bullding’s lavatory flushometers. in
addition to smaller, but stll guite noisy. pipes. We had tofind a
way to imulate the noise from that cotumn. or we'd never be
able to broadceast from the studio.

Later ong we discovered there would be a third noise source,

Composer Aaron Copland with pianist Leo Smit.

MAGNECORD
MC-II

Compare Quality at this Price

e Meets or exceeds NAB standards, with
|IEC equalization on request.

e DC servo, flutter-filter drive runs true
regardless of line voltage fluctuation.

e Cool operation: no ventilation required.
e Fyll remote capability.

e Long life heads and phase locked tape
guides.

e Mono or stereo play models field
convertible to record.

e Automation cue tones (stop, secondary,
tertiary) with LED’s and external
switching contacts.

e Cue track access for FSK logging.
e Universal mic/line imput.
e Immune to RFIl and EMI.

¢ Rugged design in the Magnecord tradition
—made in USA.

*Suggested Pro Net Price

Quality Products for the Audio Professional

TELEX MAGNECORDO

TELEX COMMUNICATIONS. INC
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About midway through construction of the studio, with all of
our tinal measurements taken and planned lor acoustically. the
building management overhauled the air conditioning svstem
throughout the entire building. Now it was running much better
than betore. but it alse made more noise! We lound we had to
add more insulation,

ORIGINAL PLANS WENT AWRY

We weren't far inte our planning betore we realized that we
had another obstacle to contend with. The original designer of
the space had apparently planned fora studio onthe fifth floor.
with the control room located on the sixth floor. overlooking
the studio. But the only access between the two tloors was
through the building’s clevator system! There were the obvious
logistical problems with this arrangement. since without adding
an expensive stairway, it would simply take too long to respond
to situations which might arise.

In addition, a mechanical equipment room for the station is
located on the sixth floor. 1 his noise-producer is only surpassed
by still another mechanical equipment room located above it.
which serves the entire building.

It soon became clear that we would have to put the control
room on the fifth floor. next to the studio. behind a windowed
wall. While it caused a reduction in the studio’s performance
arca. logistically at turned out to be a much better setup.

SOUGHT LIVE RECORDING ENVIRONMENT

In planning the studio. we wanted to create a fairly-live
recording environment as opposed to a controlled. multi-track
recording studio. Performers, typically plaving without a
conductor in small ensembles or chamber groups. would have
to be able to hear cach other’s instruments. T'he studio would be
more like a mini concert hall. typicatly including a live audience.
In recording performinces. we would treat the studio
environment just like the remote concert sites from which we do
many broadcasts every vear.

I'he reverberation time in a 30.000 cubic-foot multi-track
studio (the size of the WNCN room) would run 250-300
milliseconds. but we figured that the ideal reverb time for
WNCONS studio  intended for a coincident nuke pair - should
he one full second.

Before adding any acoustical treatment. we tested the space
to find out exactly what we had. We found that the reverb time.
which was fairly constant over the audio spectrum. was within
20 miltiseconds of where we wanted it

However, we did have a slap ¢cho problem because of the
studio’s charactenstic parallel surfaces. Qur problem was to get
rid of the slap eche without disturbing the reverb time —and
without spending enormous sums of money to build splays and
diffusers which would take up precious space in the studio.
ADDED ACOUSTICAL MATERIAL

The solution was fairly simple: hang acoustical material at
pertormance level. with the absorbers located at intervals across
trom reflective surfaces. This solved the studio's slap-echo
problem without destroying the reverberation time. (We had no
slap echo from floor to ceiling, thanks toanenormous stroke of
luck. W hen the building had been constructed. fiberglass panels
were placed on the ceiling.) And that’s exactly what we'd have
done 10 solve the problem. if there had been one!

BUILT ACOUSTICAL ENCLOSURE

To tackle the problem of the wet column, we insulated each
pipe. using a high-mass damping compound for the biggest
noise praducers, After we had treated each pipe. we designed an
acoustic enclosure for the column. And (knock on wood!). it
has been guiet ever since.

In order to insulite the studio from the alley noise. we were
able to use high-mass dry-wall construction. building several
feet in from the back of the building, and successfully eliminate
the problem.

A WRENCH IN THE WORKS

We thought we had covered the major sources of noise. and
then we inadvertently found another.one, Inaddition to the wet

column, the studio contained two structural columns. which
had not concerned us as they produced no noise. But as
construction proceeded. and the building's air conditioner was
repaired. a nearby water return pipe from the cooling svstem
caused the t(vo structural columns to vibrate. Wewere forced 1o
treat those columns as well.

MODIFIED AIR CONDITIONING SYSTEM

Air conditioning was a concern 1o us for another reason. In
its unftinished state. the studio arca had not heen included in
WNCNS air conditioning svstem: now it would have to be
added. But when we took estimates from vendors who could
design a svstem for the studio. we found the costs were
prohibitive. relative to the project’s budget. We'd have to find
another way,

ICs no secret that a chiel engineer at o radio station must, of
necessity, wear many hats, And this one was no exeeption.
Through expericnce, it was apparent that one position of
WNCNS dual air conditioning system was not working to full
capacity. That reserve capacity could be diverted and used for
the studio.

A duct and louvre systemy was designed to tap into the
existing air duct system. Because the studio’s ducts are long,
and turn several times, they tended to isalate noise generated by
the air conditioning units. and this was not a concern.

Since the studio has a 22-foot ceiling. it acts as a reserve for
this cool air. and the positioning of the duets is such that as new
atr comes in, it naturally circulates throughout the room. The
acid test of the svstem was during the opening Gala Concert.
when we found the temperature remained constant over the
four-hour duration —television lights notwithstanding.

Because we designed our own system. we were able to have a
separate contractor come injust to do the ductwork. The cost to
WNCN was substantially less than what would have been
incurred had we had an air conditioning contractor design a
new air conditioning system.

THE FINISHED PRODUCT

In designing the finished size of the room, we again had luck
on our side. We found that the resonant modes were well
distributed across the audio spectrum. not bunched up at
certain frequencies.

The studio. when finished. measured 1.150 square feet.
Because of the center column in the room. we designated one
gquadrant of the room as the performing area. allowing for
audicnce members in two additional quadrants, The
performance area is located next to one of two accesses-- which
artists use as a private entrance. The fourth uadrant,
obstructcd by the columns, is used as an access area tor the
audience. and is located at the site of the second door.

The control room area--which was set up as a remote
recording area during Phase | of the project- -is located directly
across the room from the performance area. affording a clear
view of the entire room through a large double-glazed window.

The doors themselves are steel-clad and sound-retardant,
with expansion seals in the jambs.

WNCN ACTED AS CONTRACTCR

Despite the usual and unusual problems encountered in
building the studio. the finished product was a resounding
success. Total construction time was about nine months. due in
part to the fact that the chief engineer-- with many duties
acted as project manager with the station while serving as
general contractor for the project. Fitzgerald Construction did
much oi" the major construction work and Jorge Cao was
interior designer for the project.

At its opening. hundreds of musicians, music-lovers and
members of the press attended the open house and Gala
Concert which featured more than two doren classical artists in
a four-hour program. WNCN General Manager Matt Biberfeld
proclaimed the studio “a new concert hall for New York Citv,™
[n his columnin Vew York magasine. critic Peter Davis referred
to it as “a stunning new hve-performance studio.” |
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s Application Notes

DALE BEARD

Techniques for Hum
and Noise Reduction

INTRODUCTION

I purpose of this application note iy to provide the

reader with a basic understanding of commonly en-

countered causes for, and cures of. hum and noise in

professional sound systems. Included will be a discus-
stont of signal sources and their peculiar characteristics, noise
sources. mechanisms of noise energy transmittal, ground loops.
power distribution. and good cabling practices.

Sometimes the pursuit of hum-and-noise reduction appears
1o be a mixture of witch-hunting and mystical rites 10 the
clectron gods. But keep the faith and try to develop a firm
comviction that for every observiable phenomenon there is a
rational scientific explanation.

SIGNAL SOURCES

Before describing the peculiarities of specific sound sources, a
discussion of the two primary categories of sources and their
associated interconnections is in order.

Firatri 1 shows both balanced low-impedance and
unbalanced high impedance systems. Their power-transier
capability is roughly cquivalent: the tormer being low
voltage high current. while the latter s high voltage low
current. Another obyvious similarity is the use of an outershield
conductor. So much for similarities.

THE UNBALANCED LINE

I the outer shicld is a perfect conductor and also achieves 00
percent electrical shielding. then the laws of physics decree that
an external eleetrostatic tield will not produce any net charge
(or voltage) on the inner conductor with respect to the outer
conductor, since it is completely surrounded by an equipoten-
tial surface. However. nature is never very generous. and has
failed to provide us with a perfect conductor. and a H0-percent
electrical shield is ditficult to attain while retaining flexibility
and low cost. The shield helps considerably, but there is always

Dale Beardis president of Linearand Digital Svstems, Inc.

(A)

(B)

Figure 1. Balanced (A) and unbalanced (B) lines.

\..

Get Aligned
Stav Aligned
with STL precision
magnetic test tapes

These dependable tapes are used by
broadcasters, recording studios, equip-
ment manufacturers, governments and
educators throughout the world. Widest
variety...Alignment, Sweep, Pink Noise,
Level Set, Azimuth and Flutter/Speed.
Available on reels, in cartridges and in
cassettes . Also, the Standard Tape
Manual & the Magnetic Tape Reproducer
Calibrator.

Phone for fast delivery or free catalog.

STANDARD TAPE LABORATORY, INC.

26120 EDEN LANDING ROAD #5 HAYWARD CALIFORNIA 94545 +1415) 786-3546

~

Circle 38 on Reader Service Card

WWW.americanradiohistorv.com

861 Joqwaidas qp

VA4


www.americanradiohistory.com

db September 1982

48

some net charge that lcaks through. and therefore room for
improvement exists.

THE BALANCED LINE

Enter the twisted pair. Since we are concerned with imperfect
shields. let’s examine the limiting case- —that of no shield at all
(refer to FIGURF 2 for the following discussion). Assume that we
wish to transmit an instantaneous signal voliage of 2 volis. For
the unbalanced system. this 2-volt signal is applied tothe center
conductor. In the balanced scheme. the signal is divided into
equal-and-opposite 1-volt signals. These voltages are tvpically
generated by a center-tapped transformer with the tap
grounded. thereby creating a sort of electronic teeter-totter. At
the receiving end. it is the difference in voltage on the pair of
wires which is interpreted as the signal. rather than the absolute
value of the voltages.

So what does all this do for us? Again referring 10 FIGURE 2.
let us further assume that an cxternal electrostatic field is
present and that it affects all three wires by inducing an
additional 2 volts. It is not important here to understand the
tield theory which makes this happen or even to know what
kind of field it is {(call it a watermelon field if vou wish). Whatis
important is that from experience we know that these fields do
exist and intuition tells us that they do induce unwanted
voltages on signal lines. since their audible replicas eventually
reach our ears. For the unbalanced line this induced voltage is
added 1o the original 2-volt signal for a total of 4 volts at the
receiving end of the line. obviously a gross distortion. In the
case of balanced transmission. our original signal levels of +1
voltand | volt have been aliered to +3 volts and + | volt by the
effects of the external field. However, the difference is still 2
volts and so our original signal has survived unscathed. The
balanced method therefore derives its tremendous advantage
from the differential operation of the receiving circuitry. This
property is known as common-mode rejection. since voltages
common 1o both wires are rejected as much as possible. When
the twisted pair is shielded there is an additional improvement
which vields a “belt and suspenders™ solution 1o hum and noise
reduction.

Another advantage of balanced low-impedance is that very
long cable runs can be made with no appreciable loss of high-
frequency content. The center conductor(s) are in close physical
proximity to the shield and therefore create a stray capacitor to
ground. albeit a very small one. However. the value of this
capacitance is directly proportional to cable length (in fact cabie
manufacturers specify it in picofarads per foot) and can
therefore become significant for long cable lengths. FIGURE 3
shows the resulting equivalent circuit which. due to the source
resistance. is a classic low-pass filter whose cut-off frequency is
given by.

J. =1 (Rsovrer Csiray).

One can deduce from this equation that, for a given cable-length
(or Csirar ). alower source impedance will produce a higher cut-
off trequency. Conversely, for a given cut-off frequency, a lower
source impedance allows a larger Csrray and therefore longer
cable lengths.

— |V

Having developed a firm grasp on the operating character-
istics of signal sources and transmission methods in general, we
will now discuss the peculiarities of specitic signal sources.

ELECTRIC GUITARS AND AMPLIFIERS

The first step in solving hum and noise problems with
electrics is to logically isolate the source of the problem. There
are basically three possibilities: the guitar. the interconnecting
cord. and the amplifier. The cord should be checked first since it
is the easiest 10 isolate and repair.

Next determine whether the guitar or amplifier is at fault by
simple swapping tactics. If the guitar is at fault it may be due to
one of several causes. Pickups may be the source, particularly in
older guitars. Most pickups are of the variable-reluctance tvpe
which operate on the principle that the strings present a variable
magnetic path length (or reluctance) to the pickup. which is
excited by a permanent magnetic field. therebyv generating a
voltage on the integral coil. By being inherently responsive to
magnetic-field variations. these devices are obviously affected
to some degree by external fields. Modern variable-reluctance
pickups incorporate hum-bucking coils which tend to minimize
external field sensitivity. Unfortunately. the cure for the pickup
problem is sometimes the purchase and installation of a modern
pickup. Local music dealers can generally be of assistance in
locating a source for the pickup as well as installing it.

Inadequate shiclding of the compartment housing the tone
and pickup controls can also be a culprit. Aluminum foil tape
can be used 1o shield the compartment and should be grounded
10 the ouput jack. A foil shield under the pickup(s) is also fre-
quently emploved. so check its connections.

AN\
Rs
) - 1
Cgrray R € = TRsotrer CsTRAY

-

Figure 3. The effect of cable capacitance on frequency
response.

As with guitars. age is often a problem with amplifiers. most
notably the vacuum tube designs. One inherent problem with
tube equipment in general is the AC voltage on the filament
which can couple to the signal electrodes as hum. There is no
cure for this problem short of installing a DC supply for the
filaments. and this is not a simple fix. Another problem that
occurs in older amps is excessive ripple on the power supplv
lines. which also manifests itself as hum. This problem is often
due to dehydration of the electrolyte in the tilter capacitors and
can usually be identitied by a wvisual examinauon of the
capacitors (thev're always big and usually in metal cans) where

]

— +3V

OO0 ’ Vstoxat = 3V - 1V =2V
Rs 2 Y
L ama— eaternal — 41V v
Signal = 2V fieldd
AN —_— 3V -
Rs 2V
° Re Vsigyar = 4V

Figure 2. The balanced line offers superior common-mode

refection.
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the leads exit the case. Any seepage or corrosion-like solid
deposits indicate a problem which should be corrected by

replacement.
Cl==
S

Figure 4. A commonly-used power input circuit.

T

amplifier
circuitry
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A power supply input circuit which was virtvally universal
during the two-prong power plug erais shownin FIGURI- 4. This
circuit has been the cause of more than its share of problems
despite its relatively innocent appearance. The original intent of
the designers apparently was to byv-pass noise on either line to
cireuit ground. A noble cause, but there are no guarantees that
ciremt ground is carth ground (in tactitis very likely not), which
15 where the noise should be by-passed 10 begin with.
Furthermore. when the ground 1s Hloating. Crand C2comprise a
capacitive valtage divider placing circuit ground at a 50-60 volt
AC potential. This has caused the fingers ol more than a few
puitar plavers to tingle when some part of their anatomy is
simultancously in intimate physical contact with a grounded
mic stand. The eapacitors are generally small enough in value
that the current they supply is not lethal, but someone who
wishes to perform in a tub full of water may have a serious
problem. Finallv. with respect to noise pertormance. the cireuit
i~ alvo highly undesirable since the capacitors puarantee that
any noise on cither line will be dumped into eircuit ground.
which s the last place you want 1t to go. So the recammended
fin s to remove the damned capacitors, throw them on the
ground. and stomp on them to display vour disgust.

MICROPHONES

Dyvnamic microphones are tvpically balanced low-impedance
sources. and when handled with a reasonable amount of care
are highly rehable deviees which generally do not exhibit hum
or noid problems. 11 a problem does occur. a cable orconnector
should immediately be suspected and can be readily wsolated
simply by swapping the suspect component with a known good
one

Condenser microphones are sometimes utilized due to their
extremely -wide trequencey response. While these are inherently
high-impedance devices, they typically employ built-in
preamplifiers and or matching transtormers such that their
clectrical output characteristies are identical to the dvnamic
type. with dll the attendant advantages,

ACOUSTIC GUITARS AND PREAMPS

Acoustic guitar pickups are generally less troublesome than
clectric pickups since they usually transduce the guitar body
movement into an clectrical signal rather than including the
strings in a magnetic cireuit. Cable problems are, as always,
fairly common particularly since the connector is usually a
miniature phone type. 1t is wise to avoid the molded cables and
make vour own. using high-quality wire and metal-shell
connectors. This is well worth the extra effort since it willenable

vou to repair a cable when it does fail {which is incvitable in
road use) —unlike the molded tyvpes which should simply be
discarded.

Since the acoustic pickup has a very-low-voltage. high-
impedance output, a preamp is generally employed to amplify
and buffer the signal. Often adirect box will be placed after the
preamp to make the source appear electrically equivalent to a
balanced low-impedance source such as a microphone. In fact,
the so-called “direct box™ is really nothing more than a
transformer having primary and secondary impedances in the
vicinity of 10,000 and 500 ohms respectively. By utilizing a
direct box in this application ane can enjoy the benefits of
balanced low impedance transmission along with the electrical
isolation of the guitar and preamp from the mixing console,
Two potential problems arise at this point however. First, most
preamps use garden-variety operational amplifiers such as the
1.M358 (National} and the MC1458 (Motorola) in the signal-
processing stages. While these devices perform admirably in
many circuits, they are less than ideal for audio preamps due to
significant amounts of crossover distortion and relatively poor
input noise specifications. This can often be cured by replacing
the op-amps with better devices such as Nationals 11442 (a
BIFET device with ultra-low current drain} or Signeties
NES512. The second problem is that some of the newer pre-
amps have a built-in direct output which consists of a solid-state
circuit instead of a transformer. The reason manufacturers do
this is 1o reduce cost. despite the claim that they did it to reduce
distortion {which it probably does). This feature comes at the
expense of transformer iselation which can result in ground
loops and or increased levels of hum. More about direct boxes
as well as ground loops later.

KEYBOARDS

With a few exceptions. keyboards are largely electronic in
nature, and ty pically do not present any new problems. Some of
the previously mentioned problems do oveur howeser. For
example, a home-brew conversion of an acoustic piano to an
clectrie environment will often be performed by instatling
pichups and preamp(s) similar. or even identical. to those used
in acoustic guitars.

Clavinets are also prone to noise problems. particularly older
ones. These problems are similar to the electric guitar
ditficultics. since the principle of operation is the same, The
problem is compounded due to the built-in preamp emploved.
Often much of the problem is due to inadequate shiclding and
lack of grounding of electrically unused metal parts. such as the
front pancl and switch brackets. As with clectric guitars,
shielding the preamp control compartment with grounded foil
tape and grounding all metal surfaces will go far in reducing
noise.

Synthesivers and other purely clectronic instruments are
generally clean signal sources. Noise that does oceur is due to
equipment design shortcomings and as such s bevond the scope
ol this discussion. However, hum problems may occur with any
of the kevboards {as well as qust about any instrument) due to
ground loops. Ground loop phenomena will be discussed later
mn a separate section,

DIRECT BOXES

As was previously mentioned. the direct box is a device which
converts from unbalanced high-impedance to balanced low-
impedance transmission. A schematic for a full-feature direct
box is shown in FIGURF 5, with the main ingredient being the
transformer. The purpose of the high-impedance in and out
jacksisto allow the signal to be run 1o an on-stage amplifier for
monitor purposes as wetl as 1o the mixer. The pick-up,amp
switch simply changes the gain much like pad switches on a
mixer so that a high-level signal from an amplifier. as wellas a

WwWww.americanradiohistorv.com

286l Jaquaeidss qp

517


www.americanradiohistory.com

db September 1982

PICKUP
Hi Zn (9— i 00K
| 00—
[ I YT
|
| |
300pF
o f——o
th 7 out —J FILTFR FLAT
20K

XLR connector

ﬁ ‘I,
L
Ground lift switch

Figure 5. A full-feature direct box.

low-level signal from @ pickup or preamp. may be accomnio-
dated with cqual case. A filter switch is provided so that the
signal may be run essentially flat. Otherwise. the treble may be
rolled off. This feature is useful for electric guitars, especially at
distortion settings. This is due to the fact that guitar amps
usuallv employ speakers in the 12-inch diameter range. which
have relatively poor high-frequency response, while the
electronie signal from the amp is generally full-range. This
causes the signal to the mixer and ultimately the main speakers
to sound much more “raunchy “than what the guitarist hears on
stage. The remaining feature is the ground-lift switch which
allows complete isolation of the input and output circuits. The
best position for this switch is simply that which vields the
lowest hum and or noise. This can be determined experi-
mentally.,

For those so inclined. construction of a direct box is a
relatively straighttorward matter which can save considerable
cost if many channels are required. The most expensive item is
the transformer. such as a Triad T-1X. which will run about
$10-15. Total cost should be under $30. Another approach the
author has found useful is 10 actually build the direct box into
electric guitar amplifiers. Room can usually be found on the
rear panel for the mic connector and on the inside for mounting
the transformer. This technique is not recommended for the
novice and care should be taken to use proper wiring practices.
Mount the matching transformer as far away as possible from
the power and output transtormers. It is also highly desirable to
pick off the signal prior to the volume control so that changes by
the performer will not alter the volume in the mains. Finally.
some experimentation with the capacitor value is suggested so
that the tone of the mains is roughly equivalent to that of the
amplifier (the values shown are typical but at least represent a
starting point). The advantages of building the direct box into
the amplifier are as follows:

e Flimination of the phone connectors and the associated

patch cord.

® Reduction of on-stage clutter due to more boxes and

cords underfoot.

® |ess possibility of switch settings being inadvertently

altered.

e Abilitv to “tune™ each box to match the amp for truer

frequency response characteristics.

e The advantages of balanced low-impedance transmission

with the ease of simply inserting a mic cable.

NOISE SOURCES

Noise sources can be classified into three different types. The
first type represents sources whose noise energy is transmitted
via the power line and include the following:

¢ Lighting and other natural atmospheric electrical

disturbances.

e Switching of inductive loads {motors. transformers, etc.).

¢ Motor brush noise (cash registers and small appliances).

e Lighting equipment. especially dimmers.

The second type of noise source is characterized by primary
transmission through air such as:

e Radio transmissions of various frequencies. e.g. AM.

FM. CB.and TV.

e Microwave sources (ovens, radar. etc.).

e Computers and other digital devices.

The final category of noise is that which is generated
internally by electronic equipment used in the sound system
itself. This type of noise is generated both by semiconductors
(diodes. transistors. and integrated circuits} and by passive
devices (resistors. capacitors. etc.). The primary causes are the
following:

¢ Thermal noise.

® Shot noise.

¢ 1, F noise (also referred to as flicker noise).

The first two types of noise are relatively common to
evervdav experience. manifesting themselves in TV reception or
sterco operation. For example, we have all been watching our
lavorite episode of Star Trek for the 17th time when someone in
the kitchen fires up the electric mixer. producing picture tearing
and an obnoxious whine in the audio. Ditto for hair dryers and
vacuum cleaners. A heavv inductive load such as an air
conditioner motor will often produce 3 momentary shrink ora
bright flash in a TV picture. Light dimmers will sometimes
produce a buss in a stereo system.

With this brief and informatintroduction to noise sources. let
us now deal with the question of how the unwanted signals are
transferred to the sound svstem and. more importantly. what
the devil to do about it.

NOISE ENERGY TRANSMITTAL

As we mentioned previouslv. noise sources may be
categorized by the manner in which their energy is transferred
to the sound system. The primary mechanisms are. of course.
air-borne and line-borne. However. life is never simple. and in
practical situations noise usually enters the syvstem by a
combination of the primary mechanisms. For example. noise
from a light dimmer may travel through the powerlinge and into
an electric guitar amplifier's power supply. thereby disturbing
sensitive signal stages. However, an alternate path also exists
since the building’s power lines act like a large grid-like antenna
which radiates a portion of the noise energy. This airborne
energy enters the system through the guitar pickup or the
sensitive front-end stages of the amplifier. Of course. there’s
other airborne noise. such as a truck driver on the interstate
with a 1000-watt linear amplifier strapped to his $17 CB (over-
modulated of course) thereby splattering electronic replicas of
unintelligible babble for miles in all directions. Talk about air
pollution! Again. the power lines act as an antenna. only this
time they are receiving rather than transmitting. The noise
travels down the line and into the amplifier as before. Even
more complicated interactions can arise. particularly in the case
of radio-frequency interference (RF1). Let us re-examine the
CB case. where we had air-borne. then line-borne interference.
Once the noise enters the metal case surrounding the amplifier
{which acts as a shield) via the line cord. it is possible (in fact not
uncommon) for the noise to be re-radiated and again be
amplified by sensitive circuits.

By now many readers are undoubtedly developinga feeling of
despair. since noise clearly obevs Murphy's Law. Those of you
who are still awake. however. may have deduced that, with the
exception of cases where air-borne noise energy enters a pickup
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or amplilier directly, there s a common denonunatoer in all this
mess. Lhat common denominator is the power lines.

CLEAN UP YOUR ACT

Sinee we han e identitied @ common culpritin noise problenis.
it would be logical to address this unhappy condition. The first
stepis toapply Tiltering to the power lines. This should be done
with o ligh quatity RE1 filter of the tvpe used in computers and
istrumentation. Do not use the cheap 'V varieties from vour
local radio shop for two reasons: 1) they can’t handle the current
andd 2) they seldom, il ever, work.

Line voltage transients due to lightning have been previously
mentianed as noise sources. What was left unsaid however, is
that these transients can reach potentials which are extremehy
damaging to electronic equipment. During thunderstorms, the
120-volt outlet frequently exceeds 1000 V and levels higher than
5000 vohs will occasionally oceur. Fortunately the duration of
these transients is tyvpically very short (on the order of 10 miero~
seeonds)  but stll long enough to destroy our rather unforgiving
semiconductor devices. Fquipment can be protected  against
transients of this nature by devices known as  logically
cnough  transient suppressors, One particularly elfective
transient suppressor is the metal-oxide varistor (MOV) shich
behaves like a voltage-dependent resistor (henee the term
varistor). Below a certain voltage. known as the threshold. the
deviee conducts only a few milhamperes. but above the
threshold conducts very heavily. In this manner the MOV
tends to clamp the line at reasonable voltage fevels. Cireunt
placement of the deviee 1s between hine and neuatral.

1t is also good practice to phasically separate lighting power
wiring and audio cabling as much as is practical. This is due to
the tact that Light controllers employ phase control circuits and
typically generate a considerable amount of power line noise,
sy maniested as the mtamous sound svstem buss.

GROUND LOOPS

I he term ground loop s probably the most often quoted vet
least understood ol all the terms in the prolessional audio
sernacular. Let us [irst deseribe the mechamsm of the ground
loop and then explore its significance with respect to sound
syatenis.

tdeally. a ground is a ground i~ a ground. Unfortunately. in
the real world this s not the case. The ground loop
phenomenon arses because conductors and connectors have
finite resistance and will therelore exhibit a voltage drop when
current fTows through them. We theretore have @ situation in
which the ground terminal at the stage power outlet is different
from that at the mixer, giving rise to hum and possibly noise
problems. Ihe astute reader will at this point probably say “wait
a minute, grounds are not supposed 1o be current-carrving
conductors since they are only there for safets.™ A valid
objection. However. one must consider what happens back at
the tuse box. Reterring to FiGu RI 6, we see that the neutral and
ground connections bath go to the center tap of the transformer
and to carth ground through the grounding stahe (sometinies a
water main i~ used). Ao shown are some parasitic wiring
resistances which cause ditferences in ground potentials, For
example, let us assunmee that Ry = 0.1 ohm (normally considered
by electronic 1y pes to be negligible) and that Branch 2 has a load
current of 10 amperes. According to Ohms Law (E = [R) a
voltage of 1 volt will therefore appear across Ri. This [-volt
drop will not noticeably aftect the brightness of a light bulb, but
could be catastrophic to the sound professional! Worse vet. if
the stage is on Branch | and the mixer on Branch 2, then the
groundis) between the stage and the mixer will be in series with
R and actually share some of its current. Now vou can sec why
it s relerred 1o as a loop.

Ulility

transformer
¢ S
To Branch 1 Branch 2
utiliny |||
malbs
'
R3

R2
AATAY J
Ground al:lkc/]{], VI V>

Figure 6. The ground-loop phenomenon.

Now what to do about it. You obviously don’t have time to
rewire every building in which vou are going to set up for a
three-day gig. One must therefore somehow break the loop.
There are twao basic solutions. One is to float everything at one
end of the system or the other. ‘This is probably the most com-
monly emploved approach. However. there is one important
aspect to be considered and that is safety. Let us examine the
purposc of the ground conductor in the first pliace. Assume vou
are standing knee deepin water ina basement and vou are going
to drill a hole insomething. Let us further assume that vour drill
has developed an internal short such that the metal case is
placed at or near line potential. Now if vou "float™ vour drill by
using 4 three-prong-to-two-prong adapter (cheater) the case of
the drill will be at line potential and therelore vour hody will
present i path to ground. and vou'll soon wind up under the
ground. However. if the outlet is properly wired and nocheater
is used then the same faulty drill will present essentially ashort-
circuit from line through the case back to ground. thereby
drawing large amaounts of current and blowing the fuse or
throwing a breaker for the circuit. safely removing the lethal
condition,

At this point. one could argue that even if the mixerend were
Tloated. the signal conductor’s grounds still constitute a safety
ground. However. these wires normally carry only milhiamps
and are therefore relatively smaller wires. Therefore if a fuult
develops (which can momentarily exceed 100 amps). the small
ground wires could fuse betore the tuse does! To counteract this
problem vou should run a separate satety ground of very heavys-
gauge wire (about #12) and make sure itis tred to ground at an
outlet at one end and to all the chassis at the other.

1 he other approach to breaking the loop s to use direet boxes
on every signal source which is line-powered. This is very
effective and allows equipment at both ends 1o be grounded
normally. To keep costs down vou can casily construct vour
own,

SUMMARY

We have covered a lotof territory so Tets step bachk and review
the basics:

I. Clean up the line. The significance of this should be

obsvious if vouve managed to read this lar.

2. Theimportance of good cables cannot be overemphasized.
For best results, make vour own with high-quality wire
and metal-shell connectors being sure to use goaod solder-
ing practice (good solder too 60 40 resin-core only).

3 Isolate problems by simple swapping technigues. Swap
one component at & time so that you're confident vou've
isolated the problem. If vou become confused. swap
things back until vou are sure ol vour observations,

4. Use direct boxes whenever possible and eliminite ground
loaps at all costs,

S, Correct faulty or inadequate shielding in instruments
cmploving magnetic pick-ups.

6. Upgrade equipment when necessary, such as ancient
pichups and tube amps.

One tast word of wisdom—Don't succumb to superstition. |
will repeat a statement from the introduction. For every
observable phenomenon there is a rational scientific
explanation! a
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ROBERT BERKOVITZ

The FFT: Big-Time
Mathematics Comes

to Audio

Part Tivo: Making audio measurements with the FFT.

HF FAST FOURIER TRANSFORM (FFT) is a particularly
efficient way to calculate the spectrum of a digial signal
by the discrete Fourier transform method. Part | of
this article dealt with the underlying principles in a
simplitied way: now we take up practical applications.

A discrete Fourier transform is executed by repeatedly
multiplving the mumerical values of a digitized signal by values
of sines and cosines. The FFT achieves its efficiencv—typically
hundreds of times faster than a direct Fourier transform-—-by
setting an important special condition. If the computed
spectrum consists of a set of multiples (harmonics) of a single
frequency. many of the multiplication operations required will
be identical. Inan FF T. each such operation is done enly once.
and the result is saved and moved about in the computer’s
memory as needed. The FFT is important in many fields of
rescarch and engineering because it provides answers that are
not readily available in any other way. Although it has
limitations, like all measurement methods., the FFT has come to
dominate theworld of digital signal processing because it allows

users to look into a rich new warld of signal characteristics.
especially where transient signals are concerned.

In this second and final part of the article. we will look at
some practical measurements made with an FFT system. and
see how its special properties influence the way in which results
appear. Although use of the FFT as an analysis tool is still
largely restricted 1o laboratory computer systems. a new
system! allows any owner of an Apple Il computer to install an
FFT analysis system that can carry out most digital signal
processing functions of 