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Beginning as a Nashville session musician 
with a burning desire to be a producer, Larry 
Butler watched and listened. His first break came 
when he got a producer job with Capital Records 
in Nashville. The first record he ever cut, with Jean 
Shepard, was a hit. Since then he has cut over 
50 gold and platinum records as producer for CBS, 
Johnny Cash Productions, Tree International, 
United Artists and now as an independent. His 
recent relationship with a man named Kenny 
Rogers, has produced hits like Lucille, She Believes 
In Me and The Gambler. Larry won the Grammy 
Award as producer of the year in 1980. 

ON DEVELOPING A STYLE 
When I started producing, I was producing 

like everybody in town. I started to produce a 
record like Billy Sherrill would do it or like Owen 
Bradley would do it or whatever. And then one day 
I listened to a lot of records I had done and I 

thought now wait a minute. If somebody wants a 
record that sounds like a Billy Sherrill record they 
car go get the real thing. So I started producing 
the way I wanted to produce. It was a great lesson 
for me. It was a big turning point in my career. I 

think that nobody is really going to sell or really 
succeed until they reach that point where they're 
putting themselves into it, instead of making a 
copy of someone else's work: 

ON REACHING THE LISTENER 
"I'm a believer in the simplicity of a song. 

I believe in laying something in somebody's lap 
they don't have to search for mentally. I've said this 
before, if a guy's driving home from work he's got 
a million things on his mind. He's got to spank the 
kids when he gets there. He's got a flat tire on the 
way home. And through all of this there's a song. 
He's got his radio turned down kind of low and a 
song cuts through all of that and he finds himself 
humming along with it. When that happens you've 
hit one in the upper decks: 

LARRY BUTLER 
ON TAPE. 

ON KENNY ROGERS 
"Kenny is such a univelsal name, such a big 

name. I try not to let any prejudice enter into 
comments about Kenny because we've been so 
close, but I guess he has to be the strongest 
single male artist in the United States. I can't think 
of anybody that's reaching the mass of people that 
he's reaching and I think it's unfair that people say 
he's the new Elvis. Well, there's never going to be 
another Elvis. There's Elvis Presley. That's it. Forever. 
But as far as sales, you might compare them:' 

ON KNOWING WHEN TO STOP 
..I think the most common mistake for an 

engineer and producer to make is maybe not 
really realizing the take when they've gotten it. 
Sometimes going too far because they're looking 
for that emotion or magic. Sometimes you can 
have it and not realize it. Sometimes you can have 
maybe one guitar part that bothers you, so you go 
ahead and do another take. Well, you have gone 
by the one that had the feeling, the one that had 
the emotion:' 

ON TAPE 
"I use the philosophy and theory of sur- 

rounding myself with people who know what the 
hell they're doing and letting them do it. I let the 
engineer do his job. 

The only things I've heard them say about 3M 
is it's dependable, you can trust it, you don't have 
to worry about it. When you're spending money 
and you get good service you're not going anywhere 
else. You're going to stay there with whoever it is. 

I just know 3M has always been very, very 
open for ideas and suggestions. It's just like "money 
making music:' Three M's. That's the way I think 
of the tape, because it works and it sounds great :' 

SCOTCH 250 
WHEN YOU LISTEN FOR A LIVING. 

. 
A 41?-'r, 

Magnetic A/V Products Division /3M 



Publisher 
Larry Zide 

Editor 
John M. Woram 

Associate Editor 
Mark B. Waldstein 

Advertising Production & Layout 
Karen Cohn 

Classified Advertising 
Carol Vitelli 

Book Sales 
Lydia Calogrides 

Circulation Manager 
Eloise Beach 

Art Director 
Bob Laurie 

Graphics 
K &S Graphics 

Typography 
Spartan Phototype Co. 

sales offices 
Roy McDonald Associates, Inc. 

Dallas, Texas 75237 
First Continental Bank Bldg. 

5801 Marvin D. Love Freeway 
Suite 303 

(214) 941 -4461 

Denver, Colorado Area 
Englewood, Colorado 80112 

14 Inverness Dr. East 
Bldg. 1- Penthouse 

(303) 771 -8181 

Houston, Texas 77036 
6901 Corporate Drive 

Suite 210 
(713) 988 -5005 

Los Angeles Area 
Glendale, California 91204 
424 West Colorado Street 

Suite 201 
(213) 244-8176 
Portland Area 

Hillsboro, Oregon 97123 
510 South First 

P.O. Box 696 
(503) 640-2011 

San Francisco Area 
Emeryville, California 94608 
265 Baybridge Office Plaza 

5801 Christie Avenue 
(415) 653 -2122 

Sagamore Publishing Co., Inc. 
New York 

Plainview, NY 11803 
1120 Old Country Rd. 

(516) 433 -6530 

This month's cover features the Cetec 
Vega Model 80 hand -held wireless micro- 
phone highlighted in a concert situation. 

DEPARTMENTS 

LEITERS 
6 

THE SOUND ENGINEERING MAGAZINE 
FEBRUARY 1982 VOLUME 16,NO. 2 

CALEN DAR 
8 

EDITORIAL 
24 

CLASSIFIED 
58 

SOUND WITH IMAGES 
10 

Len Feldman 

THEORY AND PRACTICE 
14 

Norman H. Crowhurst 

DIGITAL AUDIO 
18 

Barry Blesser 

NEW PRODUCTS AND SERVICES 
56 

PEOPLE, PLACES, HAPPENINGS 
60 

FEATURES 

AN OVERVIEW OF SOUND REINFORCEMENT John Eargle 
26 

CHURCH SOUND AT 
ONE HUNDRED -FIVE dB -SPL 
32 

AUDIO CONVERSATIONS- CHURCH P.A. 
SOUND SYSTEMS, PART 1 

38 

PROFESSIONAL WIRELESS MICROPHONES 
SIMPLIFY SOUND SYSTEM DESIGN 
43 

William C. Matthews 

J. Robert Ashley 

Kenneth M. Bourne 

THE 70th AUDIO ENGINEERING SOCIETY CONVENTION 
51 

db. the Sound Engineering Magasine (ISSN W I 1 -71451 is published monthly by Sagamore Publishing Company. Inc. Entire con- 
tents corn right 1982 by Sagamore Publishing Co.. 1120 Old Count ry Road. Plains iew.L.I..N.Y. 11803. Telephone1516)4336530. 
db is published fur those indic iduals and firms in professional audio- recording. broadcast. audio -s suai. sound reinforcement, con- 
sultants. s ideo recording. tilm sound. etc. Application should be made on the subscription form in the rear ut each issue. Subscrip, 
lions are 515.00 per year 1528.00 per year outside U.S. Possessions; 516.00 per year Canada) in U.S. funds. Single copies are 51.95 
each. Editorial. Publishing and Sales Offices: 1120 Old Country Road, Plains sew. Ness York 11803. Controlled circulation postage 
paid at Plains ins, NY 1 1803 and an additional mailing ollicc. (xi 



 

gORTABLE 

BATTERY OPERATED 

Bi-Fet I.C.'S 

TEST LEADS SUPPLIED 

PLACE YOUR ORDER TODAY 

THD-1 
TOTAL HARMONIC 

DISTORTION ANALYZER 

PAG -1 
PORTABLE AUDIO GENERATOR 

GENERATES THE COMPLETE AUDIO 
SPECTALH IOR FIELD TISTInG. 

LW DISTORTION 

-CL1CR CONTAILS FOR EASY 
AESEITI1G. 

GREAT TOR SETTING LEVELS G 

A SYSTEM. 
FR[QUOCT RESPONSE IN 

$129.95 
.53.50 shipping 6 handling 

HGASURES DISTORTION FROM 0.15 
, 10O1 1/ A MEQUENCY KM( 
; EO Hr to E5 RNt. 

:INA RAM WILL MEASURE LINE 
DAL SIGNALS AS WELL AS 

'T ER AMPLIFIER SIG0155. 

PSITION COARSE FREQUENCY 

WITCH. 

I- POSITION F00001 N SWITCH. 

lSE FREQUENCY CONT.. FOR 

+2UMTt 50510005. 

$129.95 
S3.50 shipping I handling 

0 o 

AVM -1 
AC VOLTMETER 

,ASURES AC SIGRALS IA RAISE: 
7 Hi to II rl 

Ti DFda 

6 S n.tgP-6 .: 

"TER AWED IA VOLTS 6 42 '6 

-KASSE SWITCH 

DRPOMICE .NP. ,P2.1 

$79.95 

/ 

AFM-1 
AUDIO FREQUENCY METER 

¡PEAT FOR SITTING UP 222002421, 

SENSITIVI DEVICES. 

MASURES ANALOGUE FREQUENCIES 
IN THE RANGE Or D -1W RHI. 

REQUIRES NO TOIlA OP GAIN 
ADJUSTNEHTS. 

51 ACCURACY 

6I SH TNROANCE ¡WPOT CIRCUIT. 

$79.95 
.53.50 Shipping I Handling 

SEND FOR YOUR FREE COPY OF OUR 
NEW EXPANDED 1982 CATALOG 

CÓM 
SESCOM, INC. 
RETAIL SALES DIVISION 
1111 Las Vegas Blvd. North 
Las Vegas. NV 89101 -1197 U.S .A. 

(702)384 -0993 (800)634 -3457 
TWJE (910)397 -6996 

Circle 25 on Reader Service Card 

To HE EDITOR: 
Imagine my surprise to open the 

October issue of db and find a five -page 
advertisement for an acoustical product 
disguised as editorial material ("The 
Saga of Sonex" by C. Nicholas Colleran). 
Even your acknowledgement of the 
author admits that he is a distributor of 
the product. 

Please don't get me wrong. I think 
sonex is a good product, and certainly 
one which people in the recording 
industry should be familiar with. But 
it is not the only product which can 
supply absorption in a studio. Nor is it 
fair to say that it "is the most cost- effec- 
tive material for the uniform absorption 
and diffusion of sound." 

In fact, the configurations of the Sonex 
foam are effective at increasing absorp- 
tion and /or providing diffusion only at 
high frequencies, where the dimension 
of the wedges is equivalent to a quarter 
wavelength (or more) of the sound. 
Three -inch wedges, for example, would 
be ineffective below 1 125 Hz. For this 
reason, the configurated foam is actually 
less efficient than solid, flat foam of 
equal thickness at low frequencies. 

1 am also at a loss to explain why the 
tabulated sound absorption test data 
does not correspond to the graphically 
presented data. At low frequencies, the 
tabulated data has much poorer sound 
absorption coefficients than the graph- 
ical data. And is it not a bit unfair to 
compare this product to an acoustical 
ceiling tile having an NRC of less than 
0.45? Many acoustical ceiling panels 
today have sound absorption coefficients 
which are twice those shown. 

I want to repeat my earlier statement. 
Sonex is a good product, with numerous 
applications, both in the recording 
industry and elsewhere. But it is not the 
far -and -away favorite, as implied in the 
article. And a magazine of the caliber of 
db should not be endorsing any product 
under the guise of editorial copy. 

ERIC NEIL ANGEVINE. P.E. 

To THE EDITOR: 
Thank you for giving me the oppor- 

tunity to reply to Mr. Angevines letter. 
I will ignore the comments referring to 
my article as a disguised advertisement. 
It should be obvious to anyone who reads 
db and other trade journals that the 
prime source of information on new 
technology comes from engineers or 
marketing people employed by manu- 
facturers who have a direct interest in 
product sales. 

My statement on the cost- effective- 
ness of Sonex was based on our having 
built several studios. I am a certified 
public accountant and that statement 
was a professional opinion and, as such, 
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Caning 
Next 
Month 

In March, our topic is International 
Audio. Almon Clegg brings us up -to -date 
on the impact of Japan, Inc., Richard 
Koziol checks in with a report on the 
Bach Madeira Festival and Curtis Chan 
gives us a look at Sony's 3324 Digital 
System. 

In addition, noted author John Eargle 
joins our staff of columnists with a new 
column devoted to sound reinforcement. 
All this and more in db -The Sound 
Engineering Magazine. 



Twice again: Shure sets 
the standard for the industry! 
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Introducing two new microphone mixers 
Ten years ago -with the introduction of the 
M67 and M68 -Shure set the standards of 
the industry for compact, portable micro- 

M267 
For Professional Broadcasting 
Both TV and Radio -in the studio and for 
remote broadcast applications. 

For Professional Recording 

For Professional Sound 
Reinforcement 
For more complex public address 
systems. 

With all these new features: 
Switchable, fast -attack limiter 
LED peak indicator 
All inputs switchable for mic or line 
Simplex power 
Greater headphone power 
Built -in battery supply 
Lower noise 
Reduced distortion 

...and all of the famous M67 original features. 

phone mixers. Shure is now introducing two 
new mixers with features and improvements 
that will make them the new industry standards. 

M268 
For Public Address and Paging 
In hotels, schools, churches, community 
centers, hospitals, etc. 

For the Serious Tape Recording 
Enthusiast 

As an Add -On Mixer for 
Expanding Current Equipment 

With all these new features: 
Lower noise 
Dramatic reduction in distortion 
Mix bus 
Automatic muting circuit 
Simplex power 

and all of the famous M68 original features. 

Both new models include the same ruggedness 
and reliability that have made the M67 and M68 
the top -selling mixers in the industry. 

For complete information on the M267 and M268 send in for a detailed product brochure (ask for AL669). 

The Sound of the Professionals° or H U R 
Shure Brothers, Inc., 222 Hartrey Avenue, Evanston, IL 60204 

In Canada: A. C. Simmonds & Sons Limited 
Manufacturers of high fidelity components, microphones, sound systems and related circuitry. 
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More and more recording studios are 
discovering the great sound of the 
Kimball Professional Grand. 
Here's why: 
The Kimball6'7" Professional Grand derives its heri- 

tape of greatness from the world's finest piano -the 
Bbsendorfer. The scale and plate design are derived 
from the Bösendorfer 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 
specifically designed for 
clear, pure tonality, free of 
spurious noise and false 
harmonics. It also offers 
superior durability and 
tuning stability. Its entire struc 
ture, including the soundboard, 
is of precision -laminated 
woods, greatly reducing 
differential expansion in 
changes of temperature 
and humidity. 

xey to sounding great- 
Royal Rcnal St. Boy 46) 

tN 47546 
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For more information 
about the Kimball 

Professional Grand, 
contact Wade Bray at 

(812) 482-1600. See 
us at AES In New York 

Booth T17 
(Bösendorfer in 

Room 622) 
w 

FIGHT Increased use of carts makes tape noise 
reduction more critical than ever in your 

C LEAN fght to co W Type 
Noise Reductstay ion, you 

mpetitive. 
have 

ith 
an affordable 

way to get high quality sound 
whether you're into classical 

music or drive -time rock. Our 
26O* new Model 941 offers two channels of encode, 

the new Model 942 two channels of decode. 
Combine them for simultaneous encode /decode. Get up to 16 
channels in one 51/4" high rack mount frame. Broadcast noise 
reduction is the latest addition to the dbx 900 Series modular 
signal processors. All interchangeable, all compatible. See your 
dbx Pro dealer, or write for complete technical information. 

'Manufacturer's suggested retail price. Model 941. Model 942. $270. 

AND WIN 

O 

CRAM 11M 

MOM 

Model 941 Encoder and Model 942 Decoder 

dbx, Incorporated, Professional Products Division, 
71 Chapel SL, Newton, Mass. 02195 U.S.A. 
Tel. (617) 964 -3210, Telex: 92 -2522. Distributed in 
Canada by BSR (Canada) Ltd., Rexdale, Ontario. dbx 
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could be argued all day without resolution. 
The sound absorption coefficients for 

Sonex were given to us by an inde- 
pendent laboratory. INTEST, in Minne- 
apolis. The reports show both 3 -in. and 
4 -in. Sonex to have an absorption 
coefficient of I at frequencies of 500 Hz 
and above. I would be interested in 
seeing any conflicting tests which would 
support Mr. Angevines statement that 
the foam is ineffective below 1125 Hz. 

It is quite correct that the tabulated 
data doesn't match the graph shown in 
the article. The graph was from test data 
done in accordance with ASTM 66. 
(The tabulated data is from ASTM C 
423 -77, as clearly indicated in the 
article. -Ed.) 

With regards to the last paragraph. it 
may just appear to us that Sonex is the 
"far- and -away" favorite due to the 
difficulty we experienced last year 
in meeting demand. 

C. N ICHOLAS COLLERAN 
President & Treasurer, 
Alpha Audio 

Calendar 
February 

23 -25 Syn -Aud -Con Workshop: Loud- 
speaker Array Design Workshop. 
San Juan Capistrano, CA. For 
more information contact: Syn - 

Aud -Con, P.O. Box 669, San Juan 
Capistrano, CA 92693. Tel: (714) 
496 -9599. 

24-26 Electro- optics, fiber optics and 
lasers for non -electrical engineers. 
Given by George Washington U ni- 
versity, Washington, D.C. For 
more information contact: Di- 
rector, Continuing Engineering 
Education. George Washington 
University, Washington, D.C. 
20052. Tel: (800) 424 -9773. 

26 -27 Country Radio Seminar. Opry- 
land Hotel, Nashville, TN. For 
more information contact: Dennis 
Buss, The Organization of Coun- 
try Broadcasters, P.O. Box 120548, 
Nashville, TN 37212. 

March 
2 -5 71st AES Convention. Maison des 

Congres. Montreux, Switzerland. 
For more information contact: 
Audio Engineering Society. 600 
E. 42nd St., Rm. 2520, New York. 
NY 10165. Tel: (212) 661 -8528. 

6 A Day With Syn -Aud -Con. Mon- 
treux. Switzerland. For more 
information contact: Syn -Aud- 
Con, P.O. Box 669, San Juan 
Capistrano, CA 92693. Tel: (714) 
496 -9599. 



un iscourse 
most eloquent 
í111181C. (William Shakespeare 1564.1616) 

Our considerable 
experience in the field of 
equalisation coupled with a 
philosophy of continual 
research and development 
has enabled the realisation 
of a range of high quality 
Graphic Equalisers which 
have become standard tools 
for correcting room acousti, s 

and offer the solution to 
tricky equalisation problems. 

The latest Klark -Teknik 
equalisers incorporate scale 
switching which facilitates a 
fine resolution for small 
adjustments and yet retains 
full boost and cut when 
required. Construction is to 
the highest standard using 
selected components and all 
units are rigorously bench - 
tested and aligned before a 
burn -in period and final 
music test. 

DN22 GRAPHIC 
EQUALISER 

SWOP' 

DN27A GRAPHIC 
EQUALISER 

tttIT44i 0 0 114T4fttli 

DN3O /30 GRAPHIC 
EQUALISER 

e 

The DN22 is a dual - 
channel Graphic Equaliser, 
each channel having 11 filters 
providing up to 12dB boost or 
cut at 11 centre frequencies, 
covering the entire audio 
spectrum. Separate low and 
high pass filters are provided 
on each channel giving 12dB 
per octave attenuation above 
and below their respective 
turnover frequencies. 

The DN22 offers an 
extremely wide dynamic 
range and negligible channel- 
to-channel crosstalk. 

The DN27A is the 
successor to the widely 
acclaimed DN27. It is a ' /rd 
Octave Graphic Equaliser, 
providing boost or cut of up 
to 12dB at 27 I.S.O. centre 
frequencies covering the 
entire audio spectrum. 

The equaliser filters are 
of computer -aided design and 
consist of actively-coupled L.C. 
networks of the 'minimum 
phase type. The inductors 
have precision -ground ferrite 
cores and coils wound to 
extremely tight tolerances. 

The DN30 /30 Stereo 
Graphic Equaliser represents 
a breakthrough in equaliser 
design, giving two channels of 
full hrd octave equalisation in 
one compact unit. In addition 
to saving on rack space the 
DN30 /30 also means a 
considerable financial 
saving for anyone requiring 
stereo system equalisation. 

All-new circuitry 
developed specifically for the 
DN30 /30 uses ultra -stable 
N.I.C. minimum phase, 
combining filter networks to 
give unequalled performance. 

For further information on our complete range of professional audio 
equipment and application details telephone (5161249.3660 

Klark- Teknik Electronics Inc. 
262a Eastern Parkway, Farmingdale, 
NY 11735. USA. Telephone: (5161249.3660 

Klark-Teknik Research Limited 
Coppice Trading Estate, Kidderminster, DY11 7H.. 
England. Telephone: (0562) 741515 Telex: 339821 

Omnimedia Corporation Limited 
9653 Cbte de Liesse /Dorval, Quebec H9P 1A3, Canada. 
Telephone: 1514) 636 9971 
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The Professional's Choice 
in Wireless Microphones 

Wide frequency response 
Low noise and distortion 
Latest companded technology 
Built -in level indicator 
VHF high band for less interference 
Attractive, non reflective finish 

Cetec Vega 
Division of Cetec Corporation 

P.O. Box 5348 El Monte, CA 91731 
(213) 442 -0782 TWX: 910-587-3539 
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LEN FELDMAN yj Sound With Images 

The "Right To Tape" 
Movement 

Never has a single issue aroused the 
passions of members of our industry to 
the extent that the recent court decision 
concerning home video tape recording 
has done. For the few who have not 
already been caught up in this debate or 
who haven't bothered to read a news- 
paper or trade paper over the last several 
months, a quick review is in order. 

Some five years ago, when home video 
tape recording was in its infancy, Walt 
Disney Studios, its distributors Universal 
Pictures, and MCA (the parent of Uni- 
versal) elected to sue Sony Corporation. 
They felt that Sony's Betamax home 
video recorder threatened to deprive 
copyright holders (writers, actors, artists, 
producers, etc.) of income to which they 
were entitled. Remember, all of this 
started long before the current surge of 
pre- recorded video tape popularity 
occurred, a new type of home enter- 
tainment program which is producing 
profits for those very copyright holders 
(including Walt Disney, Universal Pic- 
tures, et al) who object to people owning 
and using video recorders. But I'm 
getting a bit ahead of the story. 

Citing an analogous precedent in the 
field of audio, the VCR makers (and 
litigant Sony) felt sure that the courts 
would rule in their favor and they 
mounted an impressive case before the 
courts. The precedent, incidentally, had 
to do with audio recording. In 1971, 
when the same sorts of issues were raised 
concerning private off -the -air or even 
off -vinyl recordings for non -commercial 
purposes, the Congress of the United 
States specifically exempted such in- 
home or private recording from the then - 
applicable Copyright Act of the U.S. 

Sure enough, Sony, as well as the 
other "defendants" in the case (a Sony 
distributor, their advertising agency and 
even a test -case consumer named in the 

suit), emerged victorious as the Federal 
Court ruled that such non -commercial 
video recording did not constitute unfair 
use according to the Copyright Act. At 
that point, even though most of the 
industry forgot about the case, the 
plaintiffs appealed the decision, and 
everyone assumed that the Appeals 
Court would simply rubber -stamp the 
lower court decision. Such, however, was 
not the case and on October 19th the 
Ninth Circuit Court of Appeals over- 
turned the lower court decision and ruled 
it illegal for consumers to video tape 
copyrighted programs off the air, even 
for private, non -commercial use. 

HOW ABOUT VIDEO? 

That brings us to the question of audio 
recording from FM or stereo FM radio, 
or the copying of records onto home 
tape. Once this was as "hot" an issue as 
the video decision we have been talking 
about. How come we haven't heard much 
about it in recent years? The answer has 
to do with a bit of confusion that exists 
in the minds of many who are concerned 
with these matters. Many journalists, in 
discussing the taping of audio programs 
and the question of possible illegalities 
connected with such activity, have 
pointed to a congressional act which was 
passed way back in 1971. That bill specif- 
ically excluded home video recording 
from the then -existing Copyright Law 
so long as the audio recording was not 
used for profit or sold. In fact, it was the 
precedent of that Congressional action 
which has prompted the video consumer 
electronic industry to encourage similar 
legislation that would bypass the Court 
entirely in the present instance. 

What most people forget, however, is 



THREE GREAT WAYS 
TO CLEAN UP 

YOUR ACT. 
The Sound Technology 1700 Series 

Introducing three fast, accurate and 
easy -to -use Distortion Measurement Test 
Systems. All three deliver precise infor- 
mation for the audio professional. All 
three offer a multitude of features that 
make them indispensable tools for the 
engineer /technician. 

Every system in the 1700 Series combines 
a flexible, ultra -low distortion sine -wave 
signal generator, a high resolution 
automatic -measuring THD analyzer, 
optional IMD analyzer and an accurate 
A.C. level meter in one instrument. Not cnly 
will a 1700 analyzer clean up your act, it'll 
clean up your bench too. 

THE FEATURES 
Fully automatic nulling circuitry that 
measures distortion as low as .0009 %. 
In less than five seconds. 
A simultaneously tuned, balanced and 
floating oscillator that's capable of 10Hz to 
110kHz. With three digit pushbutton 
frequency selection that's both repeatable 
and fast. And, adjustable from -90 to 
+26dBm with three precision attenuators in 
10dB, 1dB and .1dB steps (with ± 1dB 
vernier). 
You can measure signal -to -noise ratios 
with a 100dB dynamic range; floating 
sources from 30µV to 300 V; power in 

Circle 14 on Reader Service Card 

either dBm or watts; push a button and 
reject hum and high frequency noise with 
built -in 18dB /octave filters (30kHz, 
80kHz and 400Hz). 
WHICH ONE IS BEST FOR ME? 
For most applications, the 1700B will 

do a big job for very few dollars. With the 
1701A you get ultra -low residual distortion 
spec's, higher output level and integral, 
selectable meter detection circuits. Both 
models are great for R and D, engineering 
maintenance or Q.C. The 1710A was specifi- 
cally designed for the broadcast and record- 
ing industry. It's the only distortion analyzer 
available with balanced and floating outputs 
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that the Copyright Laws of the United 
States were completely re- written in 1976 
and the new Copyright Act of 1976 does 
not include or carry over the specific 1971 

Congressional act which excluded home 
recording from records or radio from the 
act, making it legal. In other words, the 
legality of private copying of broadcasts 
and records onto tape is again an open 
issue and we can expect that record com- 
panies, seeing the action taken by the 
Appeals Court in the case of VCRs, may 
well institute test cases to determine just 
what the status of home recording is. 

It is not my intention to take one posi- 
tion or the other in this instance. 1 am sure 
that each side in the video recording argu- 
ment feels that justice is on his side. 
Makers of VCRs (as represented by the 
position taken by the Electronic Indus- 
tries Association and others) point out 
that copyright holders are not, in fact, 
damaged by video taping off the air. To 
support that argument, they offer statis- 
tical proof that between 70 and 90 percent 
of all off -air video taping is for the purpose 
of so- called "time shifting" (viewing a 

program that might otherwise be missed - 
just once-and then using the tape over 
again) rather than for the permanent stor- 
age and repeated viewing of copyrighted 
material over and over again). That being 
the case, it can even be argued that the 
copyright holders benefit by the video 
taping. Jack Wayman, Senior Vice Presi- 
dent of the Consumer Electronics Group 
of EIA, in his testimony before a Senate 
Judiciary Committee on November 30, 
1981 said, Time shifting increases broad- 
cast audience size by allowing those un- 
able to view a program to view it later. A 
report commissioned by the FCC to as- 
sess the effects on broadcasters of home 
video recording recognizes the benefits 
copyright owners reap from time -shifting: 

"Because both major rating services - 
A. C. Nielsen and Arbitron -now in- 
clude an indication of VCR use, this 
time -shift phenomenon should actu- 
ally be an asset to the networks and 
broadcasters. Shows that would have 
been missed can now be recorded for 
later viewing.... An audience that was 
previously unavailable to them (the 
broadcasters) is now viewing and the 
viewing is properly attributed in audi- 
ence reports. 
"Any lair analysis of VCR usage leads 

to an inevitable conclusion: time - 
shifting, the principal use of VCRs, 
economically benefits rather than in- 
jures the copyright holders." 

In other words, since the viewing audi- 
ence is increased, the sponsors, broad- 
casters and producers can be induced by 
the copyright holders of the program to 
offer them a better financial "deal." 

This is a cogent argument in the case 
of video, and it is entirely possible that 
the recent decision of the courts will be 
reversed once again, either by a re -hear- 
ing, or by the Supreme Court or, if that 
fails, by Congressional action. But how 

would the same argument hold up in the 
case of audio recording -off the air or 
from records to tape? It wouldn't! The 
person who makes a cassette tape of a 
record or of an FM program does not 
make that recording for the purpose of 
"time shifting." Very few cassette decks 
we know of (and even fewer open -reel 
decks) are equipped with programmable 
timers such as those found on virtually 
all VCRs. And, while it is true that most 
of these decks could be equipped with ex- 
ternal timers, very few of these add-on 
devices are actually used, if we compare 
their numbers to the millions of tape 
decks now in use throughout the U.S. 

With that argument out 01 the way, 
what other arguments will makers of 
audio recorders and /or blank tape have 
when and if major test cases are initiated 
against them? The EIA, in its testimony 
before the Senate Committee, cited what 
it thought are two more arguments in 
favor of the "right to tape" at home. One 
of these, that "an injunction or other re- 
lief would seriously damage a young, 
fragile industry (the video industry)" 
hardly applies here, since the tape record- 
ing industry is no longer "young" nor is it 
particularly fragile -with home taping 
equipment selling more vigorously in an 
otherwise depressed consumer audio 
market than any other type of sound 
equipment. 

That leaves only a third argument, 
which does have merit. That argument 
maintains that the most recent ruling is a 
serious infringement on the rights of pri- 
vate citizens. As Wayman put it, "... its 
(the court's) ruling has had the sudden 
effect of turning law abiding citizens in 
almost three million homes into law- 
breakers...." That same argument could 
certainly be applied to audio recording if 
a similar court decision were to be 
handed down, except that we would be 
talking about a great many more than 
three million law- breakers. 

While much of the downturn in in- 
dustry record sales can be attributed to 
the economic conditions of the country 
as a whole, there are those who argue that 
record sales slumps are also the result of 
extensive copying of records by people 
who buy or borrow a single disc and then 
allow other friends to copy that disc for 
their own recording libraries. Having no 
statistics available on the direct effect of 
taping of records on national record 
sales, I cannot take an authoritative 
position on this issue. What is clear, how- 
ever, is that the entire copyright issue has 
not been able to successfully keep pace, 
at the legislative level at least, with ad- 
vances in technology. Book publishers 
might well accuse photocopy machine 
makers of being responsible for a drop 
in sales. The reasoning extends to crea- 
tors of computer software (which can 
also be copied by private, knowledge- 
able programmers) and so on, ad infini- 
tum. Some serious rethinking of copy- 
right laws is called for here -rethinking 
that is fair to a / /sides, if that's possible. 
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A long while ago, tests showed that 
the smallest amount of equivalent har- 
monic distortion that human hearing 
could detect was about 5 percent. Two 
suggestions have been made to explain 
this. along with the tact that today we 
"know better." The first is that loud- 
speakers had more than 5 percent distor- 
tion -often a lot more -while the mea- 
surements were made on amplifier dis- 
tortion. completely ignoring what the 
loudspeakers were doing. 

What that meant was that the loud- 
speaker distortion, which was not be- 
ing measured, masked the amplifier dis- 
tortion. which was being measured. So 
when amplifier distortion was reduced 
below that 5 percent figure, you couldn't 
hear the difference because of the loud- 
speaker distortion. That sounds like a 

reasonable explanation. 
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The second suggestion was that the 
5 percent figure was obtained by mea- 
surements made before the days of nega- 
tive feedback. Some observers asked, 
what could the advent of feedback have 
to do with it? To which. like most things. 
you might get at least two replies. One 
would say. "Distortion is distortion." 
and feedback may be able to make it 
more or less. but what difference would 
that make'? While others would proceed 
to find out exactly what feedback did, 
with regards to distortion. 

Then, of course. some theorized and 
some measured, or at least went into their 
theory a little more thoroughly. Feed- 
back theory often uses some deceptively 
simple algebra. If the gain is "A." and 
the feedback fraction is "B" (the engi- 
neering books use p). completing the 
feedback loop reduces gain by the factor 
(I + AB). called the "feedback factor," 
which can be converted to dB, and called 
"dB feedback." 

That's the first step. Now, go through 
the algebra again, to see what effect feed- 
back has on gain fluctuations, frequency 
response. distortion, input and output 
impedance and so forth. Each run -through 
of the theory seems to show that the 
quantity being investigated changes by 
that same figure: the feedback factor. 
To summarize: 

Negative feedback reduces distortion 
by the feedback factor. Frequency re- 
sponse is a little more complicated, be- 
cause you cannot analyze that without 
making reference to phase. but it is a 

function of (I + AB) when you recognize 
that this quantity possesses phase as well 
as magnitude, and thus is a vector. if you 
have negative voltage feedback, you 
decrease output impedance by the feed- 
back factor. while if it is negative current 
feedback, you increase output impedance 
by the feedback factor. 

FEEDBACK FACTOR 
If the feedback is shunt injected at the 

input end, negative feedback decreases 
input impedance. while ,if it is series in- 
jected. it increases it. each way by the 
feedback factor. 

As we have shown before, the simple 
theory uses the same "magic number" 
(even if really it's more than a number, 
being .in fact a vector) for. all these pur- 
poses. But in real life, it isn't as simple as 

that. One way of looking at it says: if 

you "use up" your feedback to change 
impedance (for which purpose the cath- 
ode or emitter follower is a classic case), 
you don't still have it" to reduce distor- 
tion by the same amount. 

While that rather sloppy statement 
expresses the situation. if you analyze the 
situation (whatever it is) more rigorously. 
you must concede to the theorists that at 
ant given instan! there is only`one feed- 

back factor attached to one particular 
circuit, or piece of circuit. for the various 
applications of the theory. Those words 
in italics make all the difference. Theory 
treats feedback factor as a constant. 
which it is not: if it was, we would not 
need feedback for any of those purposes! 

The feedback factor varies with fre- 
quency (including the fact that it must be 

considered as a vector for this purpose). 
It also varies with time -that is, during 
the progress of a waveform. So in the 
case of the cathode or emitter follower, if 
feedback serves to reduce gain by the gain 
of the stage. so that the resulting gain is 

unity (zero dB), then it reduces the out- 
put impedance. and increases the input 
impedance, by that factor. 

But that factor is not constant. The 
figure we usually quote will be the aver- 
age gain, over the signal used in that 
stage. It may be 100, or 1000 or some 
other figure. But it may vary at different 
points along the transfer characteristic 
of the device. say between 70 and 150. 

Feedback serves to "iron out" that varia- 
tion. by reducing all of those values 
to unity. 

Usually this means that impedances will 
be made so big, or so small. that fluctua- 
tions in their value will not matter. 
compared with other circuit values. For 
example. the input impedance will be 
more than 10 megohms, and the output 
impedance less than. say 10 ohms. If the 
source from which the 10 megohms 
draws its signal, or the one into which 
the 10 ohms feeds its signal. is 10,000 
ohms, variations in those figures will not 
be significant. It won't matter if the input 
impedance runs from 10 to 20 megohms, 
or the output impedance from 5 to 
I0 ohms. 

What feedback is doing, in this in- 
stance, is putting the effective values 
where fluctuation in value won't have 

any effect. But does this also happen to 
distortion'? Let's take that example a 

little further. Every stage has at least one 
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As you can see from this frequency 
response curve, the new JBI. 2441 
delivers impressive levels of perfor- 
mance. From extended bandwidth to 
high sensitivity and smooth, peak -free 
response. 

But as important as these perfor- 
mance parameters are, they're only 
part of the story. Using the latest laser 
holography and computer analysis 
techniques, Jlil. engineers have devel- 
oped a unique diaphragm design that 
allows the 2441 to match its outstand- 
ing response with unprecedented 
reliability and power capacit.That 
means you get exceptionally high 
performance without the trade -offs 
found in prey ious driver designs. 

The secret behind this increased 
performance lies in the diaphragms 
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published in the Journal of the Audio 
Engineering Society,: this surround 
is both stronger and more flexible 
than conventional designs. This per- 
mits the diaphragm to combine all 
the traditional reliability and per 
capacity benefits of its aluminum 
construction with the extended fre- 
quency response of more exotic metals. 
It also maintains consistent diaphragm 
control throughout the driver's 
usable frequency range to eliminate 
uncontrolled response peaks. 

Additionally. each 2441 is built 
to JBI:s exacting standards. The 
magnetic assembly is machined front 
rugged cast iron and steel. Extremely 
tight machining tolerances and hand 
tolerance matching maintain unit 
to unit consistency. And finally, each 
2441 is individually tested to ensure 
that it meets published specifications. 

So before you buy any 
compression 

driver, ask your JBI, professional 
products dealer about the 2441. It'll 
deliver a lot more than just an 
impressive frequency response. 

I. Patent Applied For 

2. Journal of the Audio Engineering Society. 
19811 October. Volume 28 Number It). Reprints 
available upon request. 

James B. Lansing Sound, Inc. 
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point, and most have two, at which clip- 
ping occurs. Beyond the clipping point, 
gain is zero; there is no transfer from 
input to output at all. Beyond this point. 
feedback isn't there any more. The 
amplifier quits working at that point on 
the waveform. 

Now, our theorists have some fictitious 
"feedback factor" figure stuck in their 
head, and think it will do magic, even 
when gain disappears. Sorry to disillu- 
sion you: it won't. If you don't believe it 
-and I've encountered many who 
don't -go ahead and try it for yourself. 

LOOK MA, MAGIC 
Why is it that people get it into their 

heads -that some figure like that possesses 

magical powers'? A similar thing happens 
with statistical analysis: just feed your 
data into a computer programmed for 
statistical analysis, and hit the "standard 
deviation" button: pre io. your "raw 
data" becomes more "reliable "! If some- 
body fed you wrong data, the standard 
deviation button won't correct that error, 
believe me. And if your feedback factor 
disappears when clipping occurs (as it 
does), nothing can bring it back -cer- 
tainly not some magical number. 

If that number really possessed that 
kind of magic, it would keep your 
amplifier working at full power, even 
when you unplugged it! I think you 
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know better than that, unless there's 
some standby power provision. 

But now we come to another fallacy 
that still makes the rounds from time to 
time. Feedback theory can be extended 
to loops within loops. And you can have 
positive, as well as negative feedback. 
Just enough positive feedback produces 
"infinite gain" -the thing goes into 
oscillation. Now if you have a small loop 
with positive feedback, encompassed by 
another loop with negative feedback, 
your "A" for the positive feedback loop 
can be raised to infinity, so you have 
infinite feedback! 

POSITIVE AND 
NEGATIVE FEEDBACK 

I hat should give us zero distortion, 
zero output impedance (or infinity, 
according to which way you go), and so 
forth. And the algebra seems to prove it. 
But now let's explore what we are really 
doing. Take the simple pieces first. When 
we apply negative feedback. the general 
trend is to reduce distortion -by the 
feedback factor at any given point in time 
or frequency -and to extend frequency 
response, subject to limitations imposed 
by phase shift. as shown by vector 
analysis. 

Positive feedback does the reverse of 
negative feedback. So, it increases what- 
ever distortion there is in the positive 
loop and it narrows the frequency re- 
sponse, with the usual result that when 
100 percent positive feedback is reached, 
it happens at just one frequency, at which 
the equipment goes into oscillation. If 
you get more than 100 percent positive 
feedback, it may oscillate at multiple 
frequencies. or with a highly- distorted 
waveform. 

So the concept of' an amplifier with 
wide -band, 100 percent positive feed- 
back, or even of a single stage within an 
amplifier with such a characteristic, is 

an impossible one. in the nature of things. 
But that doesn't show in the algebra. You 
write it down as a formula, so in theory 
such a thing exists. 

If that single stage possesses distortion 
-and it could not have been perfect 
before the positive feedback was applied 
-then positive feedback. even at fre- 
quencies where it is not 100 percent, 
will increase the distortion the amplifier 
originally possessed by the same factor 
(the feedback factor) as it increases gain. 
Actually, when you reach 100 percent 
positive feedback, that produces oscilla- 
tion at the frequency where it occurs. 
That oscillation, being unrelated to 
external input, is 100 percent distortion, 
although it would not normally be 
viewed that way. 

Now, assuming you can control this by 
means of another feedback loop, outside 
this smaller loop -as can be done -the 
best that the external loop can do is to 
negate some of the damage done by the 
internal loop. If the internal stage had 
I percent distortion before positive 

feedback, and its gain was multiplied 
99 times, it would have 99 percent distor- 
tion. (Perhaps that's oversimplified too, 
but it follows the simplified theory.) 
Now you plonk on negative feedback 
that brings gain down to half its value 
before the positive was added. The best 
that can do is to reduce overall distortion 
to one -half percent, and it might not do 
even that well. 

How so? Well the algebraic distortion 
treatment uses a symbol for distortion, 
which just signifies what is presumed 
to be signal -related spurious signal 
generation. It could be second harmonic, 
third harmonic, or intermodulation 
distortion. It is generated by the signals 
being handled. but it is spurious in the 
sense that it appears in the output, not 
corresponding with an equivalent input. 
But a simple algebraic symbol does not 
indicate what, of the many ,possible 
varieties of distortion that can occur, 
this piece happens to be. 

The algebra produces an expression 
that shows the input distortion offset by 
another distortion in the larger loop, so 
it comes out to zero. At least, that's what 
we once read in the literature, and it 
seems some are still "swallowing" it. 
If we have +d distortion, offset by -d 
distortion, the result is zero distortion. 
There are two things that can invalidate 
this. 

First is the fact that +d may be, for 
example, second harmonic. while -d may 
be third harmonic. Then you don't have 
zero, but two forms of distortion instead 
of one. The other is that, even if the offset 
is correct, being of the same form, if 
you "add" -d distortion to +d (both 
being, say second harmonic), then you 
also have, which the simple algebra 
omitted to show you, d- distortion in the 
form of forth harmonic, although you 
may, in theory at least, have gotten rid 
of the second. 

This could very well be the reason why 
lower orders of distribution became 
more noticeable after the advent of 
feedback. Many designers looked upon 
feedback as a panacea. So what did it 
matter if an amplifier had 10 percent 
distortion: just clean that up with lash- 
ings of negative feedback. To get the 
10 percent second canceled would pro- 
duce at least I percent of fourth har- 
monic that wasn't there at all before. And 
similarly with other forms of distortion. 

Now, just assuming that 5 percent of 
second harmonic can be added to a pure 
tone without being noticed (actually it 
can't, but at one time we thought it 
could), if we use feedback to knock out 
10 percent of second. and get I percent 
of fourth in exchange. that could very 
well be very audible. The level is only 
40 dB below the fundamental, and it's 
two octaves higher. With other forms of 
distortion, the second (feedback) order 
distortion products would be even less 

related to the original signals from 
which they derived. 
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Flipping and Flopping 
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Figure 1. A typical clocked flip -flop. 
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In our last article, we developed the 
concept of the clocked flip -flop based on 
a particular logical connection of ordi- 
nary gates. This discussion showed that 
the basis of clocking comes from the 
built -in "time- race" as the clock input 
makes a transition from low -to-high 
(positive clocking). We will now turn our 
attention to examining one flip -flop in 
detail by considering all of the specifica- 
tions found in a data sheet. The 7474 will 
be our choice. 

The operating characteristics of this 
device, shown in FIGURE 1, can be 
defined in the following terms: the value 
of the data on the D input will be trans- 
ferred to the Q output when the clock 
input goes from low -to-high. Simulta- 
neously, the Q output will contain the 
reverse information. The device also has 
two other inputs: Set (or Preset), and 
Clear. When either of these inputs goes 
to L (low), the flip -flop is forced to that 
state. 

The first ambiguity in this flip -flop is 
that of defining the case when two of the 
inputs are active at the same time. For 
example, what happens if the Set input 
is active (low) while data is being clocked 
into the flip -flop? We cannot know the 
answer except by the manufacturer's 
definition. For the 7474 case, this is 
defined: the Set and Clear will override 
the clocking. Hence, if the Set is active, 
Q = H regardless of the clocking activity. 
No data can be entered because the Set 
input overrides the clock. 

The second ambiguity is when both the 
Set and Clear inputs are active (low). The 
data sheet tells us that both of the outputs 
will be H, i.e. Q = H andQ = H. Although 
this appears counter -intuitive, the diffi- 
culty is really in our way of thinking. Q 
and Q are just outputs which can be "any- 
thing"; the names suggest that they are 
always complements. but the hardware 
characteristics are determined by logic - 
not by names. The difficulty in this case 
comes from the way in which we get out 



Maxell does 
the job. 
Without fail. 

Maxell audio tapes will never let 
you down, because we make them to 
our exacting standards of performance 
and durability- standards that are 
much higher than those of the industry 
in general. At Maxell, we know that pro- 
fessionals who use magnetic recording 
media on a regular basis demand the 
advantages found only in superior tape 
products. 

You demand tapes that are re- 
sponsive to extended frequency and 
dynamic ranges, with a minimum of 
noise and the absence of distortion. 
And what you record, you want to keep 
intact. for an indefinite period of time, 
without loss of fidelity caused by shed- 
ding, dropouts or print- through. You 
also need the advantages of a superior 
cassette with a tape transport system 
that will smoothly and dependably wind 
and rewind the tape without stretching, 
jamming or breaking. 

Maxell P/I audio cassettes and 
professional open reel tape provide you 
with all these advantages. And many 
more. For every type of recording, 
duplicating and editing application, 
Maxell tape gets the job done -accu- 
rately. and without fail. To discover more 
about Maxell's professional advantages, 
call one of our Regional Sales Offices: 
Eastern Office, Moonachie, NJ (201) 
440 -8020 Midwestern Office. Des 
Plaines, IL (312) 296 -1010 Western 
Office. Los Gatos, CA (408) 395 -1998. 
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of the state where both Set and Clear are 
active. If the Set goes back to inactive 
before the Clear, the Clear will deter- 
mine the stored state of the flip -flop, 
since it is still on. The reverse is also true. 
We should also point out that this defini- 
tion is not universal. For example, the 
74C74 (C -Mos version of the TTL 7474) 
has a different definition of active Set 
and Clear: both outputs are L, not H. 

TIME SPECIFICATIONS 
There are two classes of time speci- 

fications in a data sheet: thç use specifica- 
tions and the expected performance. For 
the use specifications we find such 
characteristics as maximum clocking 
rate, a characteristic of the device which 
must be respected if it is to work correctly. 
For expected performance, for example, 
we find such information as the range of 
delay time for the information to go from 
the D input to the Q output. 

Let us now look at some of the more 
important use specifications. The flip - 
flop transfers the D information to the 
Q and Q outputs only when the clock 
goes from low -to-high; but it does not 
care about the D information before the 
clock or after the clock. 

Set -up time is the amount of time 
before the clock that the D input must be 
stable in order for the Q output informa- 
tion to be considered reliable. This 

Noise Suppression 

Power Protection 

Model PS -1 
1 Lr PS -I i. n 110511 1 condilio8ing unit 

designed to protect audio equipment from 
high voltage transients and RE Interference. 
Three neon lamps indicate relative phasing 
of the line. neutral and ground c nations. 
A latching relay helps to avoid amp speaker 
damage due to power up transients generated 
after a Temporary loss of power. Ask your 
local music dealer for more details. 

A 
Linear Sc Digital 

Systems. Inc. 
40 Marco Lane. Centerville. OH 

45458 (513)438.1758 
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Figure 2. Set -up, hold and propagation 
delay times. 

information must stay there, without 
changing, during the clock transition and 
for a certain amount of Hold time after- 
wards. After the Hold -time interval, the 
D information can again change without 
affecting the Q output. FIGURE 2 shows 
a graphical representation of this fact. 

The D waveform can go to the H state 
at any time before the Set -up time and 
must then remain there until the Hold 
time has passed. It can then go low at 
any time. 

The propagation delay is a perform- 
ance specification since it tells us what is 
likely to happen. This specification has 
minimum, maximum, and typical delays. 
Worst -case design is usually concerned 
with the longest delay; however, in 
certain applications, the minimum must 
also be considered. Unfortunately, this 
can be a complex situation since we have 
temperature dependence, power supply 
dependence, load dependence, and the 
transition directions as variables. It is not 
always true that the time to go from high - 
to-low is the same as to go from low-to- 
high. Nor is it true that the Q will respond 
at exactly the same time as the Q output. 

To make life still more interesting, the 
Set and Clear inputs may have different 
propagation delays than the clock. When 
timing issues are important, the designer 
also has the choice of using different 
types of parts with the same functional 
characteristics. The following devices 
have the same terminal relationships as 
the 7474 but different timing restrictions: 
74L74 (lowpower TTL), 74H74 (high - 
power TTL), 74S74 (Schottky), 74LS74 
(low -power Schottky), 74AS74 (ad- 
vanced Schottky), 74ALS74 (advanced 
low -power Schottky), 74SC74 (enhanced 
CMOS). There is approximately a 
100:1 difference in speeds between the 
74L74 and the 74AS74. Since speed is 

often the most critical variable in a signal 
processing machine, there is a drift 
towards the 74S74 and the 74AS74. 

Because a signal may effect a device 
in either of the H or L states, one often 
describes it as being either active or 
inactive. Hence, a Clear input is active 
when it clears the flip -flop. Active may 
correspond to H or L, depending on the 
device characterization. In our case, the 
Clear and Set are active low. New nota- 

tion sometimes makes note of this fact. 
For example, the signal name would be 
Clear -L, thus telling us which state is the 
active one. 

LOADING AND MARGINS 
l he output of a 1 1 L device has a 

certain drive capability to feed its infor- 
mation to other outputs. Each additional 
input will load down an output such that, 
with enough loads, the signals will be- 
come unreliable. This characteristic is 

called Fan -Out (the ability to "fan out" 
the information to other inputs). In each 
logic family, there is a standard load for 
each input. For example, a normal TTL 
load is defined as -1.6 ma when the input 
is kept low. A high input produces some 
loading but this is mainly from leakage 
current. A standard TTL output is able 
to sink 16 ma when low. Hence, one 
standard TTL output can drive ten TTL 
inputs to the low state. The other logic 
families have different definitions of 
standard. A standard TTL -LS has a 

standard load of 0.4 ma and a standard 
drive of 8 ma for a fan out of 20. One can 
mix the families such that an LS output 
can drive four S inputs, or one S output 
can drive 50 LS inputs. 

For certain TTL devices, the actual 
input to a circuit may be more than one 
standard load. The 7474 has a Clock and 
Clear input rated as two standard loads 
since it takes -3.2 ma to create a Low. 
Thus, a standard TTL output can only 
drive 5 7474 clock lines. Buffer -type out- 
puts generally can drive twice as many 
loads as normal devices. 

The loading characteristics are simple 
but we should understand the basis for 
them. As the output transistor tries to 
draw more current, its saturation voltage 
increases. With no loads, a TTL output 
will be about 0.1 volts in the low state. 
When the loading reaches its maximum 
specification at maximum temperature. 
the output can be 0.4 volts (TTL) or 0.5 
volts (TTL -S). Since the Low level input 
voltage is specified at 0.7 volts for 
TTL -LS, there is very little margin for 
noise. The issue is the following. The 
voltage scale is divided into three regions: 
a well- defined Low, an ambiguous 
region. and a well -defined High. Below 
0.7 volts, all logic will respond reliably 
as if the input were a logic low. Above 2.0 
volts, the logic will respond reliably as if 
the input were a logic High. In between 
these, the logic may treat it as either. In 
practice, logic thresholds are usually on 
the order of 1.2 to 1.5 volts although the 
above are given as worst cases. 

The second issue is that of system 
noise. We cannot expect all signals to be 
referenced to a perfect ground. Since 
ground noise adds to the signal, a voltage 
which should be a logic L can be made 
into a logic H if the noise -plus -signal 
exceeds the allowed limits. Thus, we 
speak of noise margin as the noise 
voltage which can change the logic value. 
A fully -loaded Schottky logic has only 
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Loudspeaker Arraying 

Every sound professional 
knows that loudspeaker array- 
ing is a complex art. The his- 
tory of sound reinforcement 
has seen a succession of 
theories and sophisticated 
calculations dealing with such 
concerns as coverage, acous- 
tic power, and directivity. At 
each step in that succession, 
it has been the translation 
in the field of the theoretical 
ideal to the real that has 
pointed the way to improve- 
ments in the theory. 

The Meyer Approach 
At Meyer Sound, we've 
applied over a decade of re- 
search and field experience 
to the production of a growing 
line of reinforcement loud- 
speaker systems optimized 
for arraying, and we've devel- 
oped sets of simple, clear 
guidelines for applying these 
systems. For the professional 
user, calculation and exper- 
imentation are replaced by 
a body of dependable tech- 
niques offering the means 
to make arrays which afford 
consistent, exceptional 
performance. 
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Polar Control 
An important key to this per- 
formance is careful control of 
polar response. Meyer Sound 
reinforcement systems are 
designed to be coherent not 
only in terms of phase, but 
also in terms of propagation. 
For this reason, the crossover 
transition in Meyer systems is 
smooth and seamless, and 
frequency response remains 
consistent over long throws. 
In arrays, propagation coher- 
ence means smooth addition 
between adjacent units, 
minimizing lobing and produc- 
ing a coherent image of the 
source behind the array. In 
practical terms, this means 
even, controlled coverage, 
greatly enhanced clarity, and 
little or no need for room EQ. 
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Modular Design 
Meyer Sound reinforcement 
loudspeakers are designed as 
modular systems: full -range 
building blocks which offer the 
flexibility to meet a wide vari- 
ety of demands. This means, 
for example, that the same 
product which serves for live 
music reinforcement in a 
500 -seat club can be used to 
make a large array for voice 
reinforcement in a 15,000 - 
seat sports arena. Finally, 
since the array retains the 
performance of the modular 
unit with which it is made, 
its characteristics are 
predictable. 

User Orientation 
For the professional in the 
field, dependable real -world 
performance is the ultimate 
goal. At Meyer Sound, we 
direct our efforts in system 
design and documentation 
toward making that goal more 
achievable. If you would like 
more information on the 
theory behind our arrayable 
systems, and how these sys- 
tems can be made to work for 
you, call or write us today. 
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Meyer Sound Laboratories, Inc. 
2194 Edison Avenue, 
San Leandro 
California 94577 
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0.2 volts of margin in the worst case 
(about 0.5 volts in practice). 

By not fully loading an output, the low 
level voltage becomes smaller and the 
noise margins become more. This is 

especially important with Schottky logic 
since the ground noise is large because 
of the high switching currents. 

THE NOISE GLITCH 
When we speak of noise in a digital 

system, we are not considering it in the 
same way as analog noise, because the 
origin is completely different. Analog 
noise comes from well- defined physical 
processes in the devices; digital noise 
comes from the way in which we build 
the system. A typical TTL output con- 
tains a circuit called a Totem -pole which 
is nothing more than an active pull down 
and an active pull -up as shown in FIGURE 

f )ulpul 

Figure 3. The totem -pole 
output of a typical TTL. 

3. TI is turned on when T2 is turned off 
and vice versa. In order to get the speeds 
high, the drives to TI and T2 are either 
simultaneous or slightly overlapped in 
terms of current. This allows a high 
current to flow through TI and T2 from 
power supply to ground. This current 
might be as high as I amp in certain 
devices, but the duration is only a few 
nanoseconds. 

This current glitch can create a voltage 
glitch on the ground and power supply 
lines. Even with good capacitive bypass, 
layout and construction techniques 
determine the voltage glitch that results. 

Other devices can see this glitch and 
respond to it. A TTL -S device will 
respond to a glitch that is only 2 nano- 
seconds long. The designer will thus see a 
74S74 flip -flop "randomly" change state 
even when it appears that there was no 
input. Since the glitch may result from 
other processes unrelated to the 74S74, it 
is difficult to see it on an oscilloscope. 
Consider, for example, a counter which 
produces a glitch once every second. To 
find the glitch we would be looking for a 
2 nanosecond pulse at a I second rate. 
This is a time ratio of about 1,000,000,000: 
1 which is not easy to see. Good instru- 
mentation techniques by knowledgeable 
engineers are required to find such dif- 
ficulties. 

The issue of noise margin is extremely 
important. This requires good bypass 
capacitors and good ground distribution. 

At these frequencies, corresponding to 
microwave, not all capacitors are equal. 
Generally, ceramic capacitors are the only 
ones which will work and the loop area 
of the interconnection to the circuit 
determines the effective inductance. It 
would not be uncommon to get 2 nH of 
inductance for a physically large capaci- 
tor. A current of I amp through 2 nH for 
2 nS is I volt! Most Schottky circuits are 
built on special wirewrap boards or, if PC, 
with multilayer ground planes. Ordinary 
two -sided PC board with Schottky logic 
will never work. 

The situation is easier if low -power 
Schottky is used, since the current levels 
are lower and the noise margins higher. 
We can now see that the quality measure 
of logic is related to the current -speed 
product. One can always get higher speed 
with more current, but this tends to reduce 
the noise margins. Reducing the current 
solves the noise problem, but it also 
reduces the speed. Using this metric, we 
lind that low -power Schottky has about 
the same speed as ordinary TTL, yet the 
currents are smaller. LS devices are thus 
preferred to ordinary TTL. Similarly, 
regular Schottky (S) has the same speeds 
as TTL -H (high power) but less current. 
Schottky logic will completely replace 
TTL and TTL -H logic. Similarly, the new 
advanced Schottky and advanced low - 
power Schottky will replace the current 
generation because of the improved 
speed- current product. 

TO CELEBRATE SYN- AUD -CON'S 10th YEAR .. . 

ON- THE -ROAD SEMINARS 
May 4 -6, 1982 - San Francisco 
May 12 -14, 1982 - Salt Lake City 
May 25 -27, 1982 - Minneapolis 
Fall Schedule to be announced. 

WORKSHOPS AT OUR WEST COAST SEMINAR CENTER 
LEDE' CONTROL ROOM DESIGN - January 19 -21, 1982 
ENGINEERING LOUDSPEAKER ARRAYS - February 23 -25, 1982 
MICROPHONES & REMOTE RECORDING FOR BROADCAST - 

date to be announced 

SEMINARS AT OUR SEMINAR CENTER 
February 2 -4, 1982; 
March 23 -25, 1982; 
April 20-22, 1982 
Fall Schedule to be announced. 

INTERNATIONAL SEMINAR 
A Day With Syn -Aud -Con 
Montreux, Switzerland 
March 6. 1982 
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1 A LINK HOUSE PUBLICATION 

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

As a busy professional engaged in the fast 
moving world of sound engineering, you are 
obviously aware of the importance of reliable. up- 
to -the minute information relating to this growing 
industry. 

Just think then how useful and informative you 
would find a book containing 7.000 separate entries 
with over 600 photographs, in excess of 2.500 
complete addresses. almost 1.000 pro -audio 
dealers and distributors. PLUS manufacturers. 
prices and specifications in over 70 countries 
worldwide. 

YOU NEED STUDIO SOUND'S 
PRO -AUDIO YEARBOOK! 

With this essential book you will be able to find 
out at a glance who makes what. what it costs. 
where and how to obtain any product or service 
relative to the recording and sound broadcasting 
industries throughout the world. 

Publication of the new edition is not now due 
until the summer of 1982. so we are making our 
remaining stocks of 1981 editions available at a 

special price of $35 including delivery. 

r PRO -AUDIO YEARBOOK 

I enclose cheque for 
Please charge my Mastercard /Visa credit card number: 
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Town City 
Code State 
Country 
Phone 
Signed 

N 
W 



N 

Editorial 

WORKING IN THE Sound Reinforcement 
industry does not always mean unloading 
tractor- trailers full of amps and speakers 
for a gig at Madison Square Garden. For 

like the recording industry, there's a lot more to sound 
reinforcement than freaking out with the stars at an 
endless succession of one -night stands. 

Of course, there's probably more "glamour" in doing 
P.A. for the Stones than in reinforcing the Sunday 
sermon at the local church. However, when it comes to 
good old- fashioned "pro audio," could it be that there's 
more of it to be found in many churches than at many 
concerts? 

With all due respect to Bob Ashley and friends, who 
have probably suffered through more Sunday morning 
audio penance than any collection of sinners really 
deserve (even consultants), a good church system could 
give the sound contractor a splendid chance to demon- 
strate his skill. For at the end of the sermon, the system 
is not dismantled and trucked off to the next night's 
stand. Instead, it is just turned off until next Sunday. 
when the cycle repeats. If the sound is sinful, the parish- 
ioners either fall asleep, or begin congregating elsewhere. 
In time, the sound contractor's reputation goes the way 
of all flesh. 

By contrast, a lousy concert system is usually dis- 
mantled and safely out -of -town long before any sort of 
lasting impression sets in. Night after night, the road 
crew gets a chance to profit from yesterdays mistakes. 
Of course, if they don't get better after awhile, sooner or 
later they'll probably find themselves unemployed. 

Meanwhile, back in church, if the audio committee is 
sharp, the sound crew may be asked to come back again 
(and possibly, again and again) until they get it right. 
And here's where a lot of folks get in trouble. The cure is 
often prescribed as "more of the same," when it should 
have been "pull the plug." However, pastors are just 
as human as other performers, and it takes a lot of faith 
to stand up without a trusty microphone in hand, and lots 
of watts nearby to help deliver the message. 

The concept that a sound reinforcement system may be 
doing more harm than good is simply more than some 
performers (liturgical or otherwise) can handle. But when 
people walk away raving about the hardware rather than 
the performance (the software ?), something is probably 
wrong somewhere. 

Everyone (well, almost everyone) knows that a church 
system should not be conspicuous, and that the listener 
should only be aware of its contribution when it is turned 
off: Does the same thing hold true for the concert system? 
Sometimes. 

Most of us would agree that a Pavarotti performance 
should not sound "canned." (If you don't know what a 

Pavarotti performance is, you've been locked in the 
control room too long.) On the other hand, a good sound 
system at a rock concert is often an integral part of the 
performance. Without it, the show would not -and 
could not -go on. 

Unfortunately, there are simply too many performers 
who get done in by their on -stage audio hardware. 
Ironically, it's often the performer who demands the 
instruments of his own destruction. Fusion groups seem 
particularly prone to this kind of lunancy. It all starts out 
with the very necessary amp on the acoustic guitar. Then 
it spreads to the keyboards and through the entire 
rhythm section. Eventually, it terminates with six mics 
on the brass section. 

It all began so that the guitar could be heard against 
the brass. But then the brass said "me too! ", and again 
the guitar gets lost. So, bring on more power for the 
guitar. But then the brass says, "me too!" Repeat, 
ad libitum, and sometimes, ad nauseum. 

Some of us engineer -types often wonder if musicians 
listen to their own stuff anymore. Every now and then, 
we hear some amplified concert sound that would gross 
out a teeny -bopper. And yet, if we look, and listen (or, 
try to listen) beyond the electronics, there seems to be a 
sound source up there that's worth hearing. But you'd 
never know it by listening to what fills the auditorium. 

What went wrong? Ah yes, it's all the fault of "tech- 
nology." You remember technology, don't you? It's that 
same evil force that forces rotten recordings on us. 
pressed into scratchy vinyl. It surfaces elsewhere as 
well -perhaps as a can of toxic waste that destroys a 

river or, worse yet, as "the computer" that destroys 
everything else. 

Could it be there's a human -type or two at the bottom 
of all this'? Why of course not! "The technology" does it 
all by itself. 

Hard to believe, isn't it? Impossible to believe, we'd 
say. But there are some who really think this way. What 
do you think'? JMW 
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Bose passes Fest Test. Again. 
For the second year in a row, Bose 
was chosen as the Official Sound 
Source for ChicagoFest, the na- 
tion's largest outdoor music festival. 
Over 250 Bose 802 Loudspeakers 
in sixteen locations were used to 
bring twelve days of continuous 
live music to almost a million 
listeners. 

The power and clarity of Bose 802 
speakers makes them ideal for 
use in demanding applications like 
ChicagoFest. Stacked 802 arrays 
have the projection and bass 
response you need for your 
demanding application, without 

the problems of conventional 
bass cabinets and horns. And their 
exceptionally rugged design lets 
them withstand years of heavy - 
duty use. 

The producers of ChicagoFest 
have come to rely on the outstand- 
ing performance of Bose 802 
Loudspeakers. Visit your autho- 
rized Bose Professional Products 
dealer soon, and find out why Bose 
should be your Official Sound 
Source. 

Covered by patent rights issued and/or pending. 
802 speaker design is a trademark of Bose Corporation. 
© Copyright 1981 Bose Corporation. 

Bose Corporation, Dept. SE 

The Mountain 
Framingham, MA 017C1 

Please send me the Bose Profes- 
sional Products Catalog and your 
technical data. 
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An Overview of 
Sound Reinforcement 
In the epic tradition of Homer and Tolstoy comes this look 
at sound reinforcement through the ages. 
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Figure 1. The evolution of natural speech reinforcement. 

INTRODUCTION 
THE BEGINNINGS OF SOUND reinforcement date back to 
antiquity. FIGURE I shows the evolution of natural 
speech reinforcement; early speakers addressing a 

crowd of people from a position at ground level 
observed that the sound of their voices was attenuated rapidly 
over the heads of the listeners (FIGURE IA). Speaking from a 

higher position, as shown in FIGURE 1B, gave desirable eye 
contact and lessened the attenuation with distance. Succeeding 
steps resulted in the familiar open -air theater of the Greeks 
(FIGURE IC), which made good use of reflected sound. 

Later developments isolated the speaking -listening environ- 
ment from the elements, and a final step added a reflective 
canopy overhead to increase the directivity of the talker toward 
the audience (FIGURE 1 D). There remain today many medium - 
sized lecture rooms and small places of worship which, given 
good speakers, require no electroacoustical sound reinforce- 
ment at all. However, the general trend today toward multi- 
purpose spaces has made some kind of electroacoustical rein- 
forcement almost a necessity. The problem of addressing large 
crowds out -of -doors was the first to be met purely by electro- 
acoustical methods. John Hilliard, in his historical review of 
horn loudspeakers (4). describes the use of a telephone receiver 
coupled to a typical phonograph horn as early as 1915. These 
were used in multiples to address an outdoor audience of some 
50,000 people. More reminiscent of today's central clusters, a 

single grouping of "morning glory" horns was used in the San 
Francisco Civic Auditorium on Armistice Day, 1921. The 
advent of motion picture sound in the late twenties provided a 

sufficient base of hardware to take care of most indoor re- 
inforcement requirements. Outdoor reinforcement, for the 
most part, remained with single -way paging horn devices used 
in multiples. 

John Eargle is vice- president, Product Development. 

ï:t 

THE WESTERN ELECTRIC LEGACY 
The Western Electric subsidiary of AT &T and RCA was 

responsible for most of the rapid development of motion 
picture sound during the late twenties and early thirties. In this 
relatively short time, many electrical and acoustical 
components became available for both large- and small -scale 
sound reinforcement applications. Many of these older 
components were in use up until just a few years ago, because 
the basic engineering and workmanship were of such high 
caliber. When the Audio Engineering Society first went to the 
Waldorf- Astoria Hotel in New York for its conventions in the 
early seventies, the facilities committee found that the old 
,Western Electric loudspeakers used in the original distributed 
ceiling system, dating from 1931. were still in good working 
order! These loudspeakers were actually used for the first few 
years of AES conventions at that hotel. 

One of the landmark components dating from the early 
thirties was the Western Electric Model 594 high- frequency 
compression driver. This device had a four -inçh flat wire voice 
coil and exhibited conversion efficiencies on the order of 30 
percent. A three -inch model was made by the Lansing Manu- 
facturing Company prior to their merger with the Altec Service 
Company. It was not until 1954 that a permanent magnet 
version of the 594 was to be introduced: the JBL Model 375. 
Later versions of this driver included models made by JBL, 
Gauss and TAD, and have been given the benefit of extended 
frequency response and greater power handling capability. 

In the years just before World War II, Western Electric was 
ordered by the FTC to dispose of its virtual monopoly in the 
motion picture theater loudspeaker and amplifier field. The 
divested group eventually became known as the Altec Service 
Company, and, as the war approached, a merger was made with 
the Lansing Manufacturing Company. Thus was Altec Lansing 
born. Five years later, Lansing left to form a new company, 
James B. Lansing Sound, Inc., and between the two of them 
Altec and JBL carried the Western Electric traditions forward. 
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...the wireless microphone system small enough to be hidden anywhere 

The sensational new Swintek dBS Wireless Microphone 
System features a mini-sized transmitter that is small 
enough to be hidden anywhere, yet it provides quality sound 
recording that meets the demands of even the most exacting 
professional filmmaker. The transmitter weighs only five 
ounces, will accept any type microphone and can easily be 
hidden in costumes, even a brief bikini. The receiver is fully 
portable and operates on either AC or DC. The entire system 
comes with a smart- looking custom carrying case and here's 
the best news of all - Swintek systems from $995 to $2275 
complete, with a guarantee that it will equal or outperform 
any competitive brand. So write for our free specification 
data sheets. 

Available for Sale or day, week or month Rental from: 

biìv,nkIi 
Swintek MARK SM58 /dBS 
Complete with antenna. BUB 
battery and mic stand. Girl 
optional. 

Swintek MARK 2L /dBS 
complete with HAND -HELD 
NICAD. battery charger. 
and carry case. 

TELECOMMUNICATIONS DIVISION 

1180 Aster Avenue. Unit J. Sunnyvale. CA 94086 
(408) 249 -5594 TELEX #172 -150 SUVL SWINTEK 

Circle 18 on Reader Service Card 
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Figure 2. Details of an outdoor sound reinforcement 
system. Levels in parenthesis are with the system off; 
levels in brackets are with the system on. 

Before he left Altec. Lansing and John Hilliard put the 
finishing touches on the A-4 "Voice of the Theater- system. This 
program gave rise to a family of low- frequency drivers and 
enclosures as well as high -frequency drivers and multi -cellular 
horns which, in one form or another, have dominated high - 
quality sound reinforcement up until recent times. 

THE RISE OF SOUND CONTRACTING 
I he post -scar era ,ass the extension of Altec's distribution 

pattern not only through traditional theater dealers but also 
through the Graybar Company to electrical contractors. In the 
late fifties, Altec abandoned the Graybar connection and began 
cultivating a network of sound contractors, individual entre- 
preneurs whose business was bidding on the sound portion of 
large construction jobs or dealing directly with the end user. 

With their ambitious program of yearly clinics for their 
contractors, Altec was forming the basis for engineered sound 
system practice which we know today. One properly spoke of 
sound reinforcement, not PA. That latter term was restricted to 
re- entrant paging horns and their relatively simple applications. 
The paging horn tradition had been maintained during the 
thirties by Racon and was admirably carried forward in the 
post -war days by University and Electro- Voice. 

While Altec was covering the sound contracting field, JBL 
was carving out a niche in the musical instrument (MI) area. 
Through most of the sixties, JBL's high- sensitivity four -inch 
voice coil transducers were modified for MI use and were 
distributed by Fender, the pioneering electric guitar company. 
This association gave JBL something of an advantage in the 
early days (1960s) of concert sound reinforcement. But we are 
getting ahead of ourselves. 

RATIONAL DESIGN TECHNIQUES: 
THE RISE OF THE PROFESSIONAL CONSULTANT 

As well- trained as many sound contractors are, the really 
difficult fixed -installation sound reinforcement jobs are best 
designed by professional consultants. A consultant should 
bring to a job not only a broad background in architectural 
acoustics and a thorough knowledge of hardware, but also a 
record of successful designs (along with some less successful 
ones from which he has learned whatnot to do). Consultancy in 
sound reinforcement expanded rapidly after World War I1. It 
was often a sub -specialty of large firms, which addressed such 
problems as architectural acoustics, noise isolation, lighting, air 
conditioning. and other environmental aspects of large public 
places. Characteristic of good consultants from the beginning 
has been an appreciation of both science and art. They 
respected the points of view of musicians, and at the same time 
t hey were able to quantify many concepts which had been pretty 
much left to chance or intuition. One of the first of these was the 
measurement of speech intelligibility, or articulation index. 
Work in the late forties by Steinberg and French (6) and by 
Beranek (I) in the early fifties led to the quantification of 
articulation index and laid the groundwork for estimating 
performance in the area of speech intelligibility based on the 

parameters of a sound system and the characteristics of the hall 
in which it was located. Later work in this area has been carried 
out by Peutz and Klein (5). 

During the sixties, Paul Boner provided a simple analysis of 
the gain of a sound reinforcement system (2) and pioneered the 
concept of narrow -band system equalization in order to 
minimize acoustical feedback. Because it is so instructive, we 
present in a modified form Boner's derivation of the equation 
which yields the maximum gain of a sound system. In FIGURE 2, 
we show a simple outdoor reinforcement system. The gain of a 
reinforcement system is defined as the increase in level 
perceived by a given listener when the system is turned on, as 

compared to the level he hears when the system is off. Let us 
assume that a talker produces some arbitrary level L dB at the 
microphone. With the system turned off, the level at the listener 
will be, by inverse square law attenuation: 

L - 201og(Do /Ds). 
Now, with the system turned on, the gain around the micro- 

phone- loudspeaker loop can be increased up to the point where 
unity gain exists; that is, where the loudspeaker produces a level 
at the microphone equal to that produced by the talker, L dB. If 
the loudspeaker produces a level of L at a distance of D,, then 
the loudspeaker will produce a level at the listener of: 

L - 201og(D2 /D1). 
Since the system gain is defined as the difference between 

these levels, we have a Potential Acoustical Gain (PAG) of: 
PAG = L - 20 log (D2 /DI) -[ L - 20 log (Do /Ds)] 

= 20 log (Do /Ds) - 20 log (D2 /DI) 
= 201ogDo - 201ogDs + 20logDI - 20logD2. 

Of course, we cannot operate the system at the point of feed- 
back, and it is customary to add some "safety factor" (typically, 
6 dB). Thus, we modify the equation accordingly: 

PAG = 201ogDo - 20logDs + 201ogD, - 201ogD2 - 6. 

Reverberant sound level 

I '` , 
Critical distance i 

s., Direct sound level 
I 

1 I I I I 

4 8 16 32 

Distance from source, arbitrary units 

Figure 3. Details of an Indoor Sound Reinforcement 
System, showing the concept of Critical Distance, D. 

Dc = 0.14 NI-OR, 

where Q = directivity factor of the sound source, and 
R = Sa /(1 - cf) 

where S = total surface area in the enclosed space, 
a = average absorption coefficient. 
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This equation is independent of units; as long as we con- 
sistently use meters, feet, or even inches, the answer will be the 
same. Note the inverse role of the microphone -to- talker 
distance, Ds. If that distance is halved, the potential gain 
increases 6 dB. There is a direct relationship with D,; the farther 
the loudspeaker is from the microphone, the greater the gain. 

For indoor systems, the analysis becomes somewhat more 
complex. However, there is a remarkable simplification which 
takes place when both the listener and microphone are in the 
reverberant field of the loudspeaker. In such an environment, as 
we move away from a loudspeaker or a talker, the attenuation 
of sound follows the inverse square law up to some point 
(depending on how directive the sound source is and how live 
the room is) where the direct sound field and reverberant sound 
field are equal (see FIGURE 3). This distance, measured from the 
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Figure 4. Levels in parenthesis are for system off. levels in 
brackets are for system on. 

sound source, is called critical distance. Dc; as we move beyond 
Dc there is relatively little further attenuation of level. The 
potential gain equation under these circumstances reduces to: 

PAG = 201ogDc - 20logDs - 6. 

Details of this are shown in FIGURE 4. Note that the only 
variable in this equation is Ds, the Dc term being more -or -less 
fixed by the environment. 

Boner also determined the effect of additional microphones 
on system gain. Each time the number of open microphones is 

doubled, assuming they all contribute equally, the potential 
gain of the system is reduced by 3 dB, as shown in FIGURE 5. 

Boner also pioneered the concept of narrow -band 
equalization to minimize feedback. Proper practice of narrow - 
band equalization has always been time consuming, and most 
successful examples are in large installations where microphone 
set -ups and gain settings are more -or -less fixed. 

MANUFACTURER'S TRAINING PROGRAMS 
As the groundwork was laid for rational system design, 

various manufacturers mounted their own training programs. 
Some manufacturers have taken a strong theoretical approach. 
attempting with some degree of success to teach contractors and 
dealers the rudiments of acoustical design. Other manu- 
facturers have taken a more practical, equipment- oriented view 
of training and have stressed the application of their own gear. 
Unfortunately, no manufacturer has properly stressed the 
importance of good wiring and grounding practice and general 
shop competence. These are among the difficult lessons 
contractors must learn themselves. 

Altec must take the credit for leading the way in contractor 
training. Their early clinic programs were expanded in the late 
sixties to include their "Acousta- Voicing" seminars. 
Subsequently, in the early seventies, JBL and Dukane set up 
training programs for their dealers and contractors. An 
important part of these programs are the loose -leaf training 
manuals prepared by the manufacturers. They have 
traditionally been given limited distribution, and they are not 
normally available outside the company's distribution 
channels. Consider yourself fortunate if you have been able to 
get your hands on any of them! 
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Figure 5. System gain reduction due to open microphone. 

While on the subject of training programs, we should 
mention the on -going sound system design seminars presented 
by Syn -Aud -Con. These programs have been held in various 
cities across the country since about 1973 and have introduced 
thousands of participants to the intricacies of sound system 
design and measurement. 

SOUND CONTRACTING OVERSEAS 
Sound contracting as we know it in this country hardly exists 

overseas. In most European countries, manufacturers 
themselves take over the role of sound contracting.. Philips of 
Holland is perhaps the most visible, along with Siemens in 
Germany and Schlumberger in France. These large firms have 
the advantages of stability, broad research activities and 
financial leverage that no independent contractor could ever 
hope to offer. These companies more often than not provide 
consulting services as well. 

Figure 6. A large outdoor rock concert. Such applications 
may be on the wane as music reinforcement turns to 
smaller venues with a greater accent on quality. 

In Japan, the prestigous Sansei Engineering Company, once 
a private sound contracting firm, is now owned by Yamaha. 
Whether or not this signals the end of their traditional use of 
JBL and Altec components remains to be seen. 

THE EMERGENCE OF 
CONCERT SOUND REINFORCEMENT 

Beginning with the rock movement in the mid -sixties, many 
companies were organized to address the problems of touring 
rock acts. These "musical sound contractors" specialize in high - 
level sound reinforcement, addressing a market which is almost 
totally alien to the traditional sound contractor. The bigger of 
these firms are thoroughly professional in their work, and their 
interaction with certain manufacturers has had a beneficial 
influence on product design in recent years. These benefits have 
been mainly in the areas of power handling capability of 
existing transducers as well as the development of transducers 
for new and specialized requirements. As examples of this, we 
can cite the "ruggedization" of low- frequency transducers 
through the use of stiffer voice coil formers and higher 
temperature adhesives, along with the development of new 
eight -inch cone transducers designed to work in arrays or, as 
mid -range drivers, to cover the spectrum from 200 to 2000 Hz. 

While masive outdoor festivals such as Woodstock and 
CalJam (see FIGURE 6) may be on the wane, music 
reinforcement is turning to smaller venues with a greater 
emphasis on quality -lower distortion and wider bandwidth. 
The time was when the low- frequency section of a large 
reinforcement set -up consisted of many reflex -type, horn - 
loaded enclosures stacked together. While such an approach as 
this produces lots of "woof," it does not usually go low enough 
to satisfy today's musical demands. Several manufacturers have 



designed high -powered 18 -inch transducers to function as sub - 
woofers down to the 25 Hz range. The effect of these. in- or out - 
of- doors, is awesome, and FIGURE 7 gives some idea of 
conversion efficiencies and the resulting sound pressure levels 
when they are used in multiples. 

For music reinforcement systems to exhibit flat power 
bandwidth out to 15 or 18 kHz. some kind of ultra -high- 
frequency device must be used in multiples. In just the last 
couple of years, many manufacturers have introduced "ring 
radiators." These are compression devices designed to cover the 
octave -and- two -thirds above 7 kHz with high output levels. For 
years. this product area had virtually been monopolized by one 
manufacturer. 

Another movement in music reinforcement involves the use 

of multiple arrays of direct radiators covering all but the very 
highest part of the spectrum. This began with the "Grateful 
Dead" back in the early seventies, but progress has been made 
slowly. The advantage of this approach is the reduction of the 
inevitable distortion which accompanies all high -frequency 
systems when they are driven at high levels. The disadvantages 
have to do with size, cost and power requirements. The return to 
smaller venues may help things. 

at mid -band. Thus, the system's power bandwidth, the ability to 
deliver full output at the highest frequencies, will be limited at 
higher drive levels. Under these conditions, a multitude of small 
high -frequency ring radiators will be needed to restore the 
required power bandwidth. Individually, these devices may 
handle only about 20 watts. but their extremely high sensitivity 
in the 7 -18 kHz range (typically, 105 dB, I watt at I meter) 
enable them to do the job. Because they operate at such short 
wave lengths. they can be arrayed to ensure proper coverage at 
fairly large distances. 

5. System Drive Considerations. Traditionally. reinforce- 
ment systems have been two -way in concept, with a transition in 
the 500 -800 Hz range. Subwoofers or "tweeters" may be added, 
depending on the power bandwidth requirement at the 
frequency extremes. Current good engineering practice dictates 
that each range of the system be separately amplified, both for 
ease of control and for minimum distortion. When attention is 
turned to high -level music reinforcement, the two -way concept 
presents problems of both low -frequency power response and 
high -frequency distortion in the transition range. A three -way 
concept using intermediate horns covering the 200 -2000 Hz 
range with appropriate small cone drivers tailored to the 

Very -Low Frequency Output Capability 

Half -space Electrical Acoustical SPL Outdoors at: Typical Reverberant 
Reference Efficiency (I) Power In Power Out 10M 30M 100M Field Level (2) 

1 Unit 2% 200W 4W 98dB 88dB 78dB 98.3dB 
2 Units 4% 400W 16W 104dB 94dB 84dB I04.3dB 
4 Units 8% 800W 64W 110dB 100dB 90dB 110.3dB 
8 Units 16% 1600W 256W 116dB 106dB 96dB 116.3dB 

NOTES: 
(1) One unit consists of a single 18" LF driver (Ref. Eff. 2%) mounted in a 340 liter (12 ft') enclosure tuned 

to 25 Hz. 

(2) Room constant taken as 2462m:. typical of a medium to large auditorium. 

Figure 7. Very -low - frequency output capability. 

FUTURE DIRECTIONS 
Perhaps the best way to point to the future of sound 

reinforcement is to appreciate where the art has been. Let us 
take each area of technology and examine its evolution briefly: 

I. Loin frequently Systems. The theater -type enclosures of 
yesterday are probably on their way out. They are big, 
expensive and boomy. Unless that boominess is desired for 
some musical reason, properly -ported systems will always work 
better and exhibit smoother power response. We can be 
thankful to Thiele and Small (7) for showing us all how to 
design properly- ported systems quickly -as well as for showing 
manufacturers what specific types of transducers had to be built 
for those systems. 

2. Sub -Bass Systems. The spectrum below 40 Hz will become 
more important as time goes on -if for no other purpose than 
special effects. Again, ported systems are the most direct route 
to large amounts of power in the nether -frequency range. 

3. High - Frequency Systems. We can thank Keele, along with 
Henricksen and Ureda (3). for bringing to the industry constant 
coverage horns. These remarkable devices can be equalized to 
yield both flat axial response and flat power response. They are 
the obvious choice where precise pattern control is to be 
maintained. Except for very special applications, they have 
pretty much rendered lenses. multi -cellular and traditional 
radial horns obsolete. 

4. Very- High - Frequency Systems. For music reinforcement 
out -of -doors or in large halls, the power output demands at 
high frequencies will probably exceed the equalized high 
frequency output of a typical 800 -18,000 Hz constant coverage 
horn. A typical constant coverage horn can be equalized. given 
the proper driver, so that its power output is effectively constant 
over its operating range. However, because of the high - 
frequency boost required to accomplish this, the system's power o handling ability at very high frequencies will be much less than 

specific purpose works much better. Developments in this area 
are well under way. 

6. Design Options. Many sound system designers tend to 
think along narrow lines: they typically want to make the same 
few system components work in a variety of applications. For 
speech -only work, there are many ways to devise linear arrays, 
electrically and physically tapered, to give excellent pattern 
control over difficult seating areas. A horizontal linear array 
stretching from wall -to -wall, for example, will be mirrored 
acoustically in both walls, producing an effectively infinite line 
array, with its characteristic 3 -dB fall -off with doubling of 
distance instead of the 6 -dB fall -off characteristic of point 
sources. This interesting situation alters quite a few of our 
favorite design equations and articulation index calculations. 
We can all look forward to a good bit of experimenting in this 
area. 
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BROADCAST 
PRECISION 

Introducing the Ampex ATR -800. More features 
than ever before in a broadcast audio recorder. 
In a busy broadcast environment, every minute counts. 
That's why Ampex designed the ATR -800 with saving time 
in mind. With more standard features than any other 
recorder in its class, the ATR -800 is the perfect choice for 
broadcast professionals. And recording studio engineers? 
Take note. 

The ATR -800 was designed for tape editing. The wide 
open head assembly gives you fast, accurate tape 
access. Recessed head gate and transport controls 
prevent tape snag. And a continuously variable shuttle, 
under control of the microprocessor, regulates tape 
speed and direction. 

But the features don't stop there. You'll find a standard 
cue amplifier that allows monitoring of any or all chan- 
nels, a quick change head assembly, a digital tape 
timer with single -point search -to-cue, three tape speeds 

with built -in vari- speed, fader start for remote control from 
a console and much, much more. All standard. And with 
a switchable NAB /IEC setup, the ATR -800 is a true interna- 
tional recorder in every sense of the word. 

Look around, no other audio recorder offers you more 
standard features than the ATR -800. Whether you need 
rack mount, console or pedestal versions, call your Ampex 
dealer or write Ampex Corporation, Audio-Video Systems 
Division, 401 Broadway, Redwood City, CA 94063 
(415) 367 -2011. Sales, spares and service worldwide. 

AMPEX 
TOOLS FOR TOMORROW 

Ampex Corporation One of The Signal Companies rj 

Serviceability 
Plug -in assemblies are easily 

accessible from the front of the -- 

recorder, even when 
rack mounted. 

Quick Change ti 
Head Assembly 

Converts from one to two to four 
channels, or back quickly with 
no mechanical re-alignment. 

Three Speeds with Variable 
Speed Operation 

Machines are shipped with three 
speeds, Th, 15 and 30 In /sec. 

Field convertible to 33:, 71/2 and 
15 in /sec. 

Digital Tape Timer with 
Single -Point Search - To-Cue 

For accurate timing in hours, 
minutes and seconds. 

Switchabie NAB /IEC Setup 
Converts between NAB and IEC 
setup, including bias as well as 

equalization. 

Circle 40 on Reader Service Card 

Microprocessor Control 
Microprocessor system ensures 
safe, gentle and foolproof tope 

handling. 

Designed For Editing 
Head assembly Is wide open for 
unequaled accessibility. Dump 
edit and hands-on -reel editing 

modes Included. 



WILLIAM C. MATTHEWS 

Church Sound at 
One Hundred -five dB -SPL 
Here's one church where all systems are definitely go. 

Close -up of central speaker cluster from below. 

FEw CHURCH SOUND SYSTEMS have been so carefully 
planned as has been that of the new Willow Creek 
Community Church of Barrington Hills, Illinois. 
Ever since 1975, when the church was founded by a 

handful of hopeful Christian leaders, it had had no permanent 
home. The temporary systems set up in various locations had 
given Director George Everding and his associates a liberal 
practical education in sound reinforcement. 

William Matthews is senior +..stents engineer at Ancha 
gii Electronics. Int... Elk Grove tillage. IU. 

Realizing the importance of church acoustics and electronic 
amplification, the building committee had solicitated advice 
from such knowledgeable sources as Lyle Verges of Downer's 
Grove, Ill., George Augspurger of Los Angeles, Cal. and 
Robert Ancha whose company Ancha Electronics of Elk 
Grove Village, Ill. made the final design and installation. 

The knowledge gained from these conferences justified the 
efforts, since the final results were all that the planners had 
desired. 

Said Pastor William Hybels, "We have people at every 
service who tell us how marvelous they think the sound is- 
(they enjoy) the quality and the clarity. We are very well pleased... 



RIGHT ON THE MONET. 
Introducing the MO- 

Series. A new line of highly 
afford ble mixers that refuse 
tg comlirornise with audio 
performance. Or iti iih 
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circuit board. The MQ- Series. 
Right on the money, right down 
the line. 

Visit your Yamaha dealer 
or write us for more information. 
Yamaha, Box 6600, Buena Park, 
CA 90622. In Canada, Yamaha 
Canada-Music Ltd., 135 Milner 
Ave., Scarb., Ont. MIS 3R1. 

Combo Products 

THE WAY IT WILL BE. YAMAHA 
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Floor plan of the lower level of Willow Creek Community 
Church. 

ACOUSTICAL CONSIDERATIONS 
George Augspurger of Perception incorporated made the 

acoustical treatment recommendations for the church. Total 
surface area of the sanctuary was 45,050 square feet, and the 
calculated average absorption coefficient at 125 hertz using 
the recommended acoustic treatment was 0.32. Using the 
Norris -Eyring formula then, the estimated reverberation time 
would be: 

T = 0.049 V - 1.2 seconds, at 125 hertz, 
-Sin (1 -Tx) 

where V = Room volume (425,500 cubic feet), 
S = Surface area (45,050 square feet), 

= Absorption coefficient at 125 hertz (0.32). 

Using the same formula for estimated absorption coefficients 
at one thousand and at four thousand hertz produced RT /60 
figures of 0.65 and 0.68 seconds respectively. 

The specification for background noise was an NC -25 and, 
with all air handling equipment in use, it would not exceed 
a noise coefficient of 30. 

LOUDSPEAKER DESIGN 
Due to the physical design of the Sanctuary, there was 

little anticipated early reflections to assist unamplified sound 
from the stage. Therefore, a very good loudspeaker system was 

cgi a necessity to project clean sound to the audience. Three groups 

Floor plan of the main level of Willow Creek Community 
Church. 

of loudspeakers were planned and installed on a gridwork 
above the stage. As specified, JBL components were used in 
the three identical short and mid -throw sections of the clusters. 
Each of these assemblies consisted of a 4550A low- frequency 
cabinet with two 2205H fifteen -inch loudspeakers; a 2360 
bi- radial constant coverage horn with a 2441 driver mid -throw 
combination and two 2345/2440 horn -drivers for the front - 
throw. The two front horns were tightly coupled vertically to 
produce the wide horizontal and narrow vertical pattern 
required. 

Above the center cluster, two vertically- stacked narrow 
angle 2356/2441 horn -driver assemblies were mounted and 
directed to cover the balcony. The resultant horizontal slot 
pattern was needed to prevent reflections from the rear walls. 

Design criteria for each amplifier- loudspeaker circuit was 
to produce a sound pressure level of 105 dB to its assigned 
area. 

Due to physical limitations it was not possible to vertically 
align the horns with the low- frequency loudspeakers. As has 
been noted in previous compromises, listeners did not detect 
any resultant problems in phasing or illusion. 

AMPLIFIER CIRCUITRY 
A biamplified combination of Yamaha and !vie equipment 

was chosen. Each fifteen -inch low frequency loudspeaker was 
driven by one two-hundred watt section of a Yamaha P2200 



HOW TO SEE A PROFIT 
IN THE RELIGIOUS MARKET. 

THE COMPACT TOA MODEL RX -31C MIXNG CONSOLE. 
They're all over the place. From 

the big city to the rural recesses of 
America. And no doubt, many of them 
are your best customers. Or should 
be. They're the small churches, 
synagogues and various houses of 
worship that need a cost -effective 
and dependable solution to spreading 
the word; an affordable sound system 
controller that gets the message 
across to the fold without emptying 
the collection plate -a way to 
communicate the words and music 
clearly without garbling missives and 
slurring sermons. 

Introducing the TOA Model 
RX -31C Church Mixer. 

The perfect eight by one, tabletop 
or rack mounting mixer that can be 
spec'd into the smallest chapel on the 
stingiest budget. 

Engineered with the same 
reliability and quality performance 
that is the hallmark of the TOA 900 
Series P.A. Amplifiers, the RX -31C 
( "C" for church, get it ?) is compact 
and loaded with the practical, useful 
features that you need for the church 
job. Like: effective, five section 
peaking equalization and built -in high 
and low pass filters on each input, 

mic /line and trim control, channel 
on /off, phantom power for 
condensers'from a heavy -duty power 
supply, headphone monitoring, and 
L.E.D. peak indicators for accurate 
level control. The 31C is fully 
transformer isolated on both the in's 
n' out's which are on XLR's. From a 
nominal + 4 to a max of + 24 dBm you 
get performance for any pulpit: 20 Hz 
to 20 kHz, +0.0 -2.5 dB less than 
0.05% THD (+ 4 dBm @ 1 kHz); and a 
quiet 132 dBm E.I.N. on hum and 
noise: to keep the hum out of the 
hymn. To keep the control setting 
sacred, an optional attractive cover 
can be easily fitted over the top 
panel. To feed a tape machine there's 
an individual Record Out from the 
Line feed. Literally, everything you 
need to convert the tired, worn-out 
junk and go on your own crusade to go 
after the new business that's out 
there waiting for you. 

Start with a TOA RX -31C mixer, 
but don't forget that you've got all the 
modular TOA 900 Series P.A. 
components to go with it. The 
RX -31C has been engineered to be an 
additional, integral component to an 
entire 900 Series P.A. system. No 

matter which way you turn, TOA has 
a way for you to get wholly involved 
in the religious market. 

And see a profit. 
Call us for all the details. You just 

got the word. 

Crafted in Japan. 
Proven in the States. 

TOA Electronics, Inc. 
480 Carlton Court, South San Francisco, CA 94080 
(415) 588 -2538 Telex: 331 -332 0 1981, TOA Electronics 
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Block diagram of the Willow Creek sound system. 

while each horn -driver circuit was powered by an hie-5805 
one- hundred watt amplifier. An hie 5303 one-third octave 
equalizer and 5202 crossover- network was provided for the 
center circuits and another 5303 and 5202 was installed for the 
combined sides. A 5306 notch filter was added to the center 
design to cancel feedback modes from the microphones im- 
mediately below the center loudspeakers. 

All amplifying equipment was assembled in two low -profile 
racks located in the control balcony. A Tapco thirty -two 
input mixer was installed nearby to drive the amplifying 
components. The control balcony is ideally situated in front 
of and slightly below the main balcony. directly in line with 
center stage. 

ADJUSTMENTS AND EQUALIZING 
since it was essential that the near and mid -throw sections 

of all three clusters be identical. a thorough check of horn 
angles and placement was made prior to testing. Then pink 
noise was fed into the system with all controls flat. Equalizers. 
crossover networks and power amplifiers were adjusted for 
adequate headroom when the mixer was driven to its maximum 
output. 

An hie IE -30 audio real -time spectrum analyzer was used 
at mid -point center seating to balance the audio spectrum 
above and below crossover. This readout was recorded in the 
Ivie's memory and used to balance loudspeaker reproduction 
in one of the side clusters to the same curve. Finally. the 
response of the other side cluster was adjusted to match. 

At the same seating locations, the calibrated hie condenser 
microphone was placed and connected through a long cable to 
the analyzer at the equipment rack to facilitate adjustments 
to the equalizers. 

The raw house curve was tailored to a plus or minus I dB 
response from 50 to 2500 hertz with a downward slope of 3 dB 
per octave to 12,500 hertz. 

TESTS AND MEASUREMENTS 
Ambient noise in the sanctuary was measured using the 

octave band mode of the real -time analyzer with all air handling 
equipment on and again with it off. A reading which equalled an 
NC -22 was achieved when quiet and an NC -33 was recorded 
with all blowers on. 

Reverberation time was measured using the 'vie I E -30. 1E-17 
analyzer combination at the octave bands at which RT, 60 
had been estimated. Resultant readings of 1.5 seconds at 
125 hertz. 0.6 seconds at 1000 hertz and 0.6 seconds at 4000 
hertz compared favorably with the design criteria. 

Loudspeaker coverage in the seating area was determined by 
reading the 4000 -hertz octave band of the analyzer measuring 
pink noise through the loudspeakers. A respectable reading 
of plus or minus 2 dB was obtained. 

The ultimate test was listening to varied amplified speech 
and several classifications of tape recordings at levels from 
eighty :o one hundred decibels. Favorable opinions of the 
listeners confirmed the technical results. 

Provisions for future expansion were made in the original 
design in the hope of church membership growth. Two multi- 
purpose rooms, one on each side of the balcony. were planned 
for possible conversion to additional audience areas. Utiliza- 
tion of all expansion spaces would transform the present 
capacity of sixteen hundred to well over five thousand. 

Other features not normally found in a church are: A sixteen 
by forty -five foot projection screen which rises from the stage 
floor for motion picture and slide assists: a multi -scene pro- 
grammable lighting console for custom stage illumination; 
a double -walled "floating" recording room, and two acous- 
tically- isolated practice rooms. 

Since the opening date of the church, the founding Christian 
leaders have been pleased by the better -than -anticipated 
attendance, particularly by young people. And. as one of them 
observed, "This makes it all worthwhile." 



J. ROBERT ASHLEY 

Audio Conversations. 
Church P.A. Systems, 
Part 1 

The following dialogue is a dramatic representation of the 
problems to be found in dealing with sound reinforcement for 
churches. Although the characters are fictitious, both the 
p.a. systems, and the problems discussed, are real. 

INDIANA 
JOHN HAS JUST returned from a consulting job in a small, 

rural Baptist Church. After hearing John describe the 
most effective cure for their audio problems, Bob has 
been laughing himself hoarse for several minutes. 

Bob: I don't believe you cut the cord on their amplifier! 
John: if you'll stop laughing, 111 tell you why. The church is 

60 years old, small and with the organ, choir, baptistry and all 
the worship service up in the front. The ceiling is a steep gable 
with large wooden beams to support the roof. The side and 
rear walls are broken up enough that they do not serve as plane 
acoustical mirrors. The place doesn't need a p.a. system. 

Bob: Agreed. But, I'll bet that the place had at least three 
speakers on each side wall and probably two or three more 

J. Robert Ashley is an engineering staff consultant Or 
co el Sperry Gyroscope. 

where the resident tinkerer had tried to cure an "I can't hear" 
complaint. 
John: I don't take losing bets. Incidentally, all of the 8 -inch 
speakers had I6 -ounce magnets and the nicely finished closed 
boxes had at least 20 liters volume. The voice quality from any 
one speaker was surprisingly good. It was just the usual 
problem, the congregation could hear all of the speakers equally 
well. After five minutes. they were mentally sleeping through 
the sermons. 

Bob: Still, weren't you a little irreverent for charging that 
minister $50 just to cut the power cord on his amplifier?? 

John: (Expletitive deleted) no. Joe Blank had already charged 
him a C -note for drawing up a set of plans to install a pair of 
columns and a third -octave equalizer. The construction bid was 
over 3 kilobucks. Besides, it took me an hour to explain why he 
did not need a p. a. system. Considering my travel time, I didn't 
make much on that job. 
Bob: I have never been able to make enough to pay for my 



efforts on a church job. Most of the remuneration is a good 
feeling for helping where help is so badly needed. How did you 
convince him in just an hour that the church did not need a p. a. 

system? 

John: I used the sound and eyes argument. I had him sit in the 
second pew and I went to the lectern mike and started reading 
from the Bible. I got up close to the mike to almost overdrive the 
amplifier and read very fast. Within two minutes his eyes were 
wandering and I knew he had lost track of my reading. After 
four minutes, I stopped, went back and switched oft the 
amplifier, and then resumed reading in a normal speaking voice 
and at the same rapid rate. He stayed with me for nearly IO 

minutes. I told him of the psychological conflict of the sound 
coming from behind and the eyes telling the listener that the 
talker is up front. I find it best to keep the explanation simple- - 
don't snow them with two -bit words like inhibition or 
directivity index. Keep the conversation moving so that he 

won't ask about the situation in the rear of the church where the 
sound is equally fatiguing but the eyes and ears argument 
doesn't hold much water. 

Bob: Did he ask the usual question about how to make the timid 
reader heard in the back of the church?? 

John: Naturally. I explained that their church is far enough 
from the road that traffic noise is not sent' loud. I asked if the 
timid readers were understood even using the p. a. system and 
his answer was no he received lots ut complaints about that. I 

suggested a training program to teach the timid ones the 
elements of public speaking. I've seen this work in other 
churches and I hope he has the patience and skill to sell the 
concept to his people. 

Bob: Good work!! l'se never seen a p. a. system help a timid 
talker and wondered how to correct the problem. Most 
tinkerers try turning up the gain, get a howl, make the timid one 
even quieter, etc. There's the great conventional wisdom that 
loud means intelligible and it doesn't. 

John: rm going to go to their worship service next Sunday and 
brag about how well I heard the preacher from the back pew. 

Bob: l'I, bet you a six pack of Coors that the resident tinkerer 
installs a new cord within six months- 

MARYLAND 
Our friends have just walked out of a completely filled 300 - 

seat Protestant Church after a funeral service. 

Bob: That was a thought -provoking and wonderful eulogy. Did 
you notice that the preacher had the attention span of everyone 
for the full service? Did you notice how well this crowd of 
strangers joined in for the hymns?? It certainly proves that 
churches are better off without p. a. systems. 

Paul: Yes it does -but you and 1 are called old fogeys for 
suggesting that most churches don't need p. a. systems. 
Bob: I saw the speakers scattered around -they look like 
vintage 1950 to me. When did they give up tinkering around 
with speakers and amplifiers? 
Paul: Well, the history is fairly typical for older churches. When 
it was built in 1920, Rice & Kellog might have had a gleam in the 
eye, but their electrodynamic loudspeaker wasn't published 
until 1928. At first, only motion picture theaters could afford 
the expensive and bulky loudspeakers. It wasn't until after 
World War II that prices came down enough for churches to 
afford p. a. systems. In 1948, the old preacher passed away and a 
former chaplain was selected. He did a lot for the church and 
brought in a lot of GIs. One of them was a Navy sonar 
technician. With large crowds and some timid souls trying to 
lead the prayers, I suppose it was natural for someone to suggest 
putting in a p. a. system. Guess who was drafted to design and 
install the system? 

Bob: That sonar technician!! Back in those days the amplifier 
must have had a pair of push -pull 6L6s with a rating of 50 watts. 
Paul: Right. They got the power rating by reading the RCA 
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Tube Manual and never bothered to measure it. I checked a few 
and found they would heat a resistor at 25 watts. That was 
plenty because the front speakers were close enough to the 
microphones so that it would howl long before the amplifier 
would overload. They moved those front two a half -dozen times 
and then turned them off. Then the choir members behind the 
preacher started complaining about not hearing the preacher. 
Bob: 171 bet a sound level meter would have indicated to within 
3 dB of the reading in the back pew. 1 suppose we did not then 
know about Auditory Backward Inhibition (ABI) and how the 
ears are different than sound meters. 

Paul: They didn't need your two -bit words. They moved the two 
front speakers up and over the choir, tapped them way down in 
power, and declared it the best system in town. That poor sonar 
man, bless him, attended both services Sunday -after- Sunday to 
ride gain on the four mikes used. He never let a howl get through 
and it was surprising how loud the timid talkers sounded. 
Bob: Did they still get complaints that the timid talkers could 
not be heard? 

Paul: Yes. but there wasn't much starch in the complaints 
because the sound did seem loud enough. Nowadays. we call 
this hearing without understanding. It's the plague I've seen in 
most churches with p. a. systems. 

Bob: I suppose the system was kept until there was a change of 
minister. 
Paul: Yes, our chaplain moved on to a large city up North. 
There were several visiting ministers before a middle -aged chap 
with a strong. resonant voice was selected. Would you believe 
that it wasn't very long before he asked me what to do about 
that p.a. system? . 

Bob: But you don't live far enough away to come jetting in with 
a slide projector as a true expert. How did you turn it off 
without hurting the feelings of that sonar technician? 
Paul: It wasn't easy. We waited until this fine man took a three - 
week vacation. I was asked to ride gain for those three weeks. 
The first Sunday, I got there a half -hour early with my Hewlett 
Packard Model 200 Audio Oscillator. As soon as a few people 
started talking on the church steps, I piped that trusty 200 into a 

mike input and swept the frequency and gain knobs like I was 
tilting a pinball machine. The racket in the church was horrible 
and sure enough. I got an arc on a dusty 6L6 socket, a ball of fire 
and a blown fuse. That preacher kept a poker straight face when 
I apologized for his amplifier blowing a frammatidazzle. I gave 
the timid talker a pep talk on speaking up and then stood in the 
back pew with my hand cupped on my ear to goad her to talk 
up -and she did. The preacher used that great voice of his to 
best advantage and got more compliments on his sermon than 
ever before. 

Bob: Pretty sneaky. How did you keep it turned off ?? 

Paul: Well, that frammatidazzle had to be ordered from 
Chicago and of course they sent the wrong size the first time. 
By the time the sonar technician got back, I had taken the 
amplifier home to try to improvise a frammatidazzle. He 
thought I was half- cracked but when he heard that great 
resonant voice of our preacher, he suddenly realized he was 
tired of riding gain all Sunday morning. Also, I got to the song 
leader with honest words about how much better the 
congregation was singing without the p. a. system and she got 
on her high horse about not needing a microphone. I think most 
folks got the p. a. fever out of their blood and knew they were 
better off without one. 

Bob: 1 see a larger and newer Catholic Church down the street. 
Ill guess it was built in the mid -fifties and had to have a p. a. 
system to keep up with this church. 
Paul: Right you are, except that the original reason given was 
that any 600 -seat church had to have a p. a. system. 

Bob: Without walking inside, I'll bet I can tell you about the 
sound system. 

Paul: Since all Catholic Churches are supposed to be alike, you 
should be able to. 

Bob: This isn't a matter decreed by the Pope but 1 sadly admit 
most of the Catholic Churches do have lousy p. a. systems. 
When was that church built? 

Paul: 1953. 

Bob: That was before the Vatican II reforms. so it has a choir 
loft with an electronic organ in the back. 

Paul: Wrong -it's a good pipe organ. 

Bob: That means they really have trouble with congregational 
singing now. Probably the sound system was designed by the 
architect or the electrical lighting consultant. It started out with 
six or eight I2 -inch speakers mounted down from the ceiling. 
When it howled badly on day number one, one of the 
electricians got up and disconnected the front two speakers. The 
inexpensive microphones must have been high impedance with 
some single contact cable connectors and phone plugs along the 
way. At least the wiring met safety codes. In the txcitement of 
moving into the new church, the fact that the system actually 
turned on and that adequately loud sound came out of each 
speaker convinced them that they had a good p. a. system. After 
all, every other church has the same kind of p. a. system -it has 
to be right!! 
Paul: I suppose that is the conventional wisdom. For the first 
five years. our Catholic friends were sweating out the payments 
and couldn't have done anything even if they recognized 
trouble. 
Bob: Did it ever break down long enough for them to realize it 
wasn't needed? 

Paul: No. A local dentist took physics in college and is pretty 
handy with a soldering iron. They may have missed an 
occasional mass but never a couple of weeks in a row. 

Bob: When did the Bishop rotate the pastor? 

Paul: That was about 1962. The new priest immediately 
complained about the tinny sound of the system and let it be 
known that the Protestants down the street had a better p. a. 

system. After working on his teeth, the dentist got some free 
advice from our sonar technician. The dentist got a couple of 
friends to share the expense and put in some good cardioid 
mikes. They rewired the mike circuits with low- impedance 
balanced lines with Cannon 3- connector plugs and jacks. 
Bob: That should have taken care of the hums. buzzes and 
squawks. Did the pastor think it sounded better? 

Paul: No. They could get a little more gain before feedback but 
it still had that "church p. a. system- quality about it. Since it is a 
bigger church. it just can't sound as good with multiple speakers 
as the Protestant church with the same layout. 
Bob: The next act is to put in better speakers. 

Paul: Right you are! The dentist got his buddies to kick in a 
kilobuck -a lot of money in 1963 -so that they could buy $50 
made -in- California speakers. You should have heard the oohs 
and aahs as they unpacked each one tenderly, admired the cast 
frames, the huge magnets, and those shiny aluminum dust caps. 
The el cheapos that came out looked pathetic by comparison - 
and a couple had dragging voice coils. 

Bob: So, the sound was louder, the distortion gone, the voice 
response was smoother -and people still slept through the 
sermons. 

Paul: That dentist had to fix my bridge around 1965. He told me 
all about the great rebuilding project. I asked him what the last 
Sunday's sermon was about and he couldn't tell me a thing. In 
fact, he confided to me that the new priest was boring and didn't 
prepare his sermons very well. 

Bob: That is sad. The congregation sleeps through the sermon 
because of the lousy p. a. system and then blames the preacher. 
Did you give the dentist the word on turning off the p. a. system? 

Paul: Of course -and he considered my free advice to be worth 
just what he had paid for it. After all, what does an electrical 
engineer know about the physics of sound? 

Bob: I suppose they endured that system until the next rotation 
of pastors. How did they get along with the changes in the 



Catholic liturgy that put more emphasis on congregational 
singing? 

Paul: Not very well. I hear stories about the unpaid organists 
not having good rhythm, the song leaders singing flat, and that 
no one sings with them. The good news is Christmas and Easter. 
They put together a good -sized choir. rehearse for about a 

month, and just raise the roof with good singing. The best music 
in town is their midnight mass. The congregation really joins in 
for singing the Christmas hymns. Maybe that is because they 
are so familiar. 
Bob: No, Paul. It is because the choir is in the back of the church 
and that dentist hasn't rigged a mike back there. The only 
Catholic churches where I have found good congregational 
singing are the ones without p. a. systems. 

Paul: Come on Bob, you can't blame everything bad in the 
Catholic church on p. a. systems. 

Bob: That isn't much of an exaggeration. Remember how music 
has evolved in the Catholic Church. Until the past decade. 
music was a dialogue between priest and choir or a monologue 
from the choir loft behind. The big pipe organ evolved to fill the 
large European cathedrals with sound -you have to hear Bach 
at Notre Dame to really understand this heritage. A good priest 
with a 10 -man choir doing a Gregorian Chant will raise goose 
bumps even if you not understand Church Latin. Turn on a p. a. 

system and the whole thing goes sour -the larger the church, 
the more mischief from the p. a. system. 

Paul: What is being done about this mischief? 

Bob: Not much. In the older churches, the organs have been left 
in the choir loft and the song leader brought to the front of the 
church. In my experience the church where this works best is a 

200 -seat Mexican Architecture Church in rural Boulder 
County, Colorado. This is one where the tyrannical old pastor 
turned off the p. a. system. The cantors have college educations 
in vocal music. A big university nearby with a good college of 
music and a large pipe organ means that one can hire good 

organists. The old Allen Electronic Organ is up in the choir loft. 
Once the singing gets started, the organ loudness is increased to 
punch through the melody line. The source of synchronization 
for the congregation is the organ -the singing is so loud that 
you can't hear the song leader beyond the first couple of pews. 
You have to hear it to believe it. 

Paul: Don't most Catholic Churches seat more than 500 people? 

Bob: Probably yes. When the song leader gets on the distributed 
speaker p. a. system and the organ plays from the rear you will 
hear many musical mistakes. If the musicians are non- 
professional, they will get out of step with each other. The 
resident tinkerer will be asked for help and he will often install 
another speaker near the organ console. Now the organist can 
stay in time with the song leader. However, you and I know that 
sound travels 345 meters per second and takes about a tenth of a 

second to get from the organ to the song leader. He thinks the 
organ is late by about a sixteenth note. Listen -ever time 
you'll hear the tempo slow down in the firt bar of music. 

The people in the church are caught in the middle of this 
conflict and don't know whether to follow the organ or the song 
leader -so they meekly switch back and forth. Usually, less 

than half join in the singing and these do not sing with vigor. 
They are afraid of making a mistake. This kind of singing 
doesn't do much for the Catholic liturgy. 
Paul: Why don't you Catholics just move the organ up front, 
where it is in most Protestant Churches? 

Bob: I don't know. If it is an old church with a pipe organ, there 
are obvious construction difficulties to overcome. Moving an 
electronic organ is no big deal, but I haven't yet been able to 
talke a sngle pastor or parish council into moving the organ up 
front. I simply cannot convince them that the cause of their 
congregational singing difficulty is the sixteenth note of sound 
transit time between the front and rear of the church. 
Paul: Can you quote any examples of better music with the 
organ up front? 
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Bob: Yes. Every Protestant church I have been in where the 
organ is up front and the p. a. system not used for singing has 
excellent congregational singing. There is a five- year -old 
Catholic church 100 miles south of here which has the organ up 
front with the speakers flanking the altar. They don't even have 
a song leader and their singing is great. Just like that church in 
Colorado, the organ puts out a loud and clear melody line 
which synchronizes the singing. This works with the organ to 
the rear also -song leaders are not very necessary for 
congregational singing. 
Paul: That's heresy. 

Bob: Have you ever heard good congregational singing in any 
church where the distributed speaker p. a. system is used? 

Paul: No. 

Bob: Let's get back to the evolution of the sound system in the 
Catholic Church down the street. Most of the churches I know 
have some kind of a change to the sound system every ten years 
or so, usually when new people become involved. 
Paul: Well. that dentist did move to a mountain town in 
Colorado and a new pastor was appointed about 1972. It didn't 
take him long to figure out that most people were sleeping 
through his sermons and that the congregational singing was 
anemic. After a big discussion, they decided to bring in a big city 
sound contractor. 
Bob: And he put twin columns in the front of the church. 
Paul: Well, what else could he do? The eight speakers on the 
ceiling were of the best brand he sold. the mikes and wiring were 
put in right by the dentist, and he had to do something different 
to justify his fee. The only other kind of p. a. system you see very 
often in medium size churches has a pair of sound column 
speakers, one on each side of the sanctuary, and about midway 
between floor and ceiling. 
Bob: It sounded different -did he get paid for the job? 
Paul: There was some dissention from the first because the bass 
response was not as good as it used to be -those p. a. columns 
have little speakers in them that cut off below 300 Hz. The 
contractor argued that that was the price to pay for good 
directivity and that now the eyes and the ears agreed that the 
talker was in the front of the church. They paid but were never 
convinced that they got their moneys worth. 
Bob: The congregational singing probably went from bad to 
worse with an eighth note between the song leader and the 
organist. What did the sound contractor do about that? 

Paul: He tried to sell them an electronic organ for the front of 
the church. No sale. 

Bob: That would have probably worked better than their old 
system. Did the new resident tinkerer put a speaker back up by 
the organ console? 

Paul: Yes. and the singing got a little better. About a year later. 
the pastor asked me to drop by to give a listen. I really didn't 
quite understand why the place seemed to sound more like a 

gym than it did with the eight speakers on the ceiling. At first 
glance, the twin columns ought to do better than that. 
Bob: Most of the trouble was from that speaker up by the organ 
console. But, there is a booby trap in the twin -column idea 
which has snared most of the people who have tried them. The 
usual installation of a column speaker is for the bottom to be 

about eight feet up from the floor. This gets the directivity 
pattern over the microphones and brings up the acoustic gain. 
The booby trap is the usual smooth wall at the rear of the 
church. If you are in the front third of the church, you will get 
two bursts of sound spaced less than 10 milliseconds apart from 
the front speakers. Then, maybe 200 milliseconds later you will 
get a tight cluster of six bursts of sound reflected from the side 
and rear walls. Even a bounce from the front of the church after 
almost 400 milliseconds is surprisingly loud. With the eight 
speakers, there were just as many bursts of sound but they were 
spread out in time. The effects on intelligibility are quite 
different. The distributed speakers cause listening fatigue 
throughout the church. The twin columns are very intelligible in 

the back quarter of the church and the intelligibility degrades to 
poor as you move to the front. This is ABI- hearing without 
understanding -at work. 

Paul: Your guesses about the evolution of that Catholic sound 
system have been pretty good. They should be getting a new 
pastor one of these days -what will happen next? 

Bob: Someone will sell them on hooking up the speakers on the 
ceiling again, putting in a new, high -power. solid -state 
amplifier, and a third octave equalizer. 

Paul: ( Feigning innocence) Won't that take care of the troubles? 

Bob: (getting red in the face) Hell No! I've never seen a third - 
octave equalizer do any good in a church, high school or even a 

concert hall. They will make the sound level meter go IO dB 
higher but do nothing for intelligibility. Intelligibility problems 
are solved with acoustics and loudspeaker array design. First, 
one must correct some well -known acoustical difficulties with 
diffusion and absorption. Then, exactly one correct speaker 
array in the right location will make the amplified sound 
crystal -clear. Anyone who installs a third -octave equalizer is 
just proving that he doesn't know much about psychoacoustics 
or speakers. All they are doing is ripping off a bigger sales 
commission. 
Paul: Calm down, Bob, I don't want to go to another funeral. 
What would you advise this new pastor to do? 
Bob: Take out the p. a. system. They don't need one. 
Paul: I agree, but it won't happen. After they get the five 
kilobuck quote for the third -octave equalizer with all the bells 
and whistles, they're going to be around asking for more free 
advice. What can I tell them? 

Bob: First, take your side cutters and a crowbar up to the choir 
loft and rip out that speaker near the organ console. Give it to 
the Salvation Army. Then, get a music dealer to demonstrate an 
electric piano for the front of the church. Make sure that the 
amplifier and speaker can really belt out the acoustic watts - 
don't improvise with a guitar speaker. This stuff is going to take 
the biggest bite out of the budget. If this piano seems distorted 
or anemic. try another dealer. The piano speaker will probably 
work best in the right front corner for a Catholic church. Run 
the gain on the song leader as low as possible and watch the 
congregational singing get as good as you Protestants do it. 

Next, show the pastor the Klipsch ad which calls for putting 
Heresy® in your church. I would prefer a Benson electrically 
tapered linear array speaker but these are not commercially 
available. The omni -directional Heresy® has a lower f, of 60 Hz 
and over 1.5 percent efficiency. It will operate with negligible 
distortion as a voice speaker. The most important thing is to 
follow the Klipsch advice on where to hang this single speaker. 
It goes to the top of the church, right above where the center of 
the communion rail used to be. From this point, the transit time 
for amplified sound is within about 15 milliseconds of the 
transit time from any talker in the sanctuary. If the speaker is 

run just loud enough to get a good signal -to- air -conditioner 
noise level, most listeners will get a clear acoustic location of the 
sound as right at the talker's head -this is the precedence effect 
of Joseph Henry in action. The reason this works when the twin 
columns didn't is the higher location. Sound from the speaker 
that is mirrored off of the back wall is soaked up in the back 
pews. 

If you have a spare kilobuck in your budget, get a four -input 
automatic mike mixer. This will give the well -known 6 dB 
higher acoustic gain compared to running the four mikes open 
all the time. A more important advantage is that the open extra 
mikes circulate the amplified sound; you can think of it as 
electronically increasing the reverberation time. This would 
help the organ but it will degrade speech intelligibility. The 
automatic mixer is one of the new gadgets that is really worth 
the money. 
Paul: That free advice should be worth more than what they will 
pay for it. 

We leave our friends until next month. 
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Professional Wireless 
Microphones Simplify 
Sound System Design 
Wireless mies have improved to the point where today their 
sound rivals that of the high -quality wired mies. In addition, they 
are versatile and easy to use. 

Transmitter 

Direct signal 

Reflected signal 

Reflecting object Reflecting object 

i 
i 

Transmitter 

Combined (phase -canceled) 
signal at receiver antenna 

Figure 1. Standard receiver (left system), with one 
antenna, picks up direct and reflected signals, which may 
cancel each other (such as when two audio transformers 
cancel when connected together out of phase). 
Diversity receiver (right system), with two antennas, 
switches to receiver section (B) picking up strongest 
signal, thus avoiding dropouts caused by absorption or 
phase canceling on the other receiver section (A). 

'NUFACTURERS 

OF WIRELESS MICROPHONES 

(sometimes 
referred to as "radio mics ") began to 

appear in the early 1960s, to fulfill a growing 
requirement among performers for greater 

freedom of movement. 
Some of the first wireless microphones operated in the 30- 

MHz band, using a hand -held transmitter with a telescoping 
antenna, or a lavalier unit with a wire antenna that ran from the 
RF output to around the user's neck. Later units used a trailing 
wire which was wrapped around the user's waist. 

Early receivers were tunable, rather than crystal -controlled, 
and frequency drift and settability were occasional problems. 
Even when manufacturers introduced VHF high -band units, 

Kenneth Boume is the director of marketing for Cetec 
Vega. 
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receivers were tunable, rather than crystal -controlled, as 

currently designed. 

VHF HIGH BAND IS PREFERRED 
Today, wireless microphone systems are available in several 

segments of the radio- frequency spectrum, with the following 
segments as the most common: 

VHF Low Band 
FM Broadcast Band 
VHF High Band 
UHF 

(25 -50 and 72 -76 MHz) 
(88 -108 MHz) 
(150 -216 MHz) 
(450 -488 and 902 -952 MHz) 

Each of these segments has its particular advantages and dis- 
advantages, but VHF high band (150 -216 MHz) is the most 
favorable for most applications. 

Several low -cost wireless microphones are now available on 
49 -MHz channels in the VHF low -band range. Some of these 
units even use the AM (rather than FM) mode, which limits 
audio frequency response and increases the possibility for noise 
interference. Even FM units on 49 MHz have poor signal-to- A 

w 
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Figure 2. By compressing the signal to within the 
dynamic range handling capability of the transmitter! 
receiver RF section (45 dB versus 70 dB), and later 
expanding it, the original signal's dynamic range is 
preserved. 
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noise ratio, because of limited deviation in available 
transmitters. 

Whether FM or AM, VHF low -band wireless microphones 
operate in the noisiest portion of the radio spectrum. and are 
most susceptible to interference. including long- distance signals 
propagated by ionospheric "skip" conditions. VHF low -band 
antennas must be quite long (almost 5 feet) to be efficient. and 
system range is limited. Furthermore, low -cost 49-M Hz and 
other VHF low -band units typically are poorly constructed. 
and many rank in the toy category. 

Wireless microphones operating between 88 and 108 MHz 
usually require the use of the customer's FM broadcast receiver. 
Typically. these units are also poorly constructed, and are often 
sold as toys. 

VHF high -band wireless microphones are available from 
several manufacturers. and operate in a segment of the radio 
spectrum (150 -216 MHz) that is very low in noise and interfer- 
ence. and that allows good range at low power (up to 1000 feet 
line -of -sight at 50 milliwatts RF power output). For broadcast 
and filmmaking applications, the Federal Communications 
Commission has allocated unused TV channels between 174 and 
216 MHz (Channels 7 -13) for wireless- microphone use. 

UHF wireless microphones in the 450 -M Hz band are similar 
to. but not as common as, VHF high -band systems, and 
frequency assignments are limited. Range is not quite as good as 

at VHF high band. except for somewhat better building 
penetration. 

UHF systems above 900 MHz typically are of good quality. 
but range is much more limited than at VHF high band. Signal 
dropout is common in many areas where VHF high -band 
signals are "full quieting." Manufacturing costs are much 
higher for 900 -M Hz equipment. and system prices therefore are 
higher than equivalent VHF high -band system prices. 

Wireless microphones are even available above the radio - 
frequency spectrum, operating at infrared -light frequencies. 
Range is inherently quite limited. 

WHAT ARE THE MOST IMPORTANT SPECIFICATIONS? 
VHF high -band frequencies (150 -216 MHz) otter the best 

range with least noise and interference for professional FM 
wireless microphone systems. However, many specifications 
and features must be considered carefully before selecting a 

system. 
First, both the transmitter and receiver must be crystal - 

controlled, and must use high -quality oscillator components for 
a frequency stability rated at 0.005 percent. 

From microphone input to receiver output, the overall audio 



Coaxial Cable 
Length (in feet) 

RG -58/U 
standard (dB loss) 

RF Line Amp` 
Needed? 

RG -8 /U 
polyfoam (dB loss) 

RF Line Amp 
Needed? 

50 3.0 No 1.0 No 

75 4.5 Optional 1.5 No 

100 6.0 Yes 2.0 No 

125 7.5 Yes 2.5 No 

150 9.0 Yes 3.0 Optional 
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Not 

Recommended 

3.5 Optional 

200 4.0 Yes 

250 5.0 Yes 

300 6.0 Yes 

400 8.0 Yes 

Figure 3. Calculated RF signal losses for VHF antenna 
cables, with recommendations on when to use an RF line 
amplifier. When using an RF line amplifier, it should be 
set for 1 dB more gain than the calculated cable loss. 
Alternately, with a weak signal, the wireless receiver's 
VU meter should be observed for no further increase in 
audio level while increasing the line- amplifier gain. 

frequency response should be flat ( ±2 dB) from 40 Hz to 
15 kHz, or ±1 dB from 100 Hz to 12 kHz. One of the highest 
quality systems on the market offers a compressor to maintain 
clean, unclipped sound with even the loudest noises, and total 
harmonic distortion of less than I percent (at up to 30 dB of 
compression). To preserve the dynamics of the original 
program, the signal -to -noise ratio should be better than 70 dB, 
or better than 90 dB in a companded system. (See the section on 
companding later in this article.) 

Total harmonic distortion should be less than I percent. 
Emission usually is specified as 54F3, direct FM, ±12 kHz 
deviation, with 100- microsecond transmitter preemphasis and 
receiver deemphasis. 

When used with a suitable antenna, the system range (from 
transmitter to receiver antenna) should be well over 50 feet 
(worst -case range due to obstructions or multipath reflections 
from air -conditioning ducts or other metallic objects), and even 
over 1000 feet in some line -of -sight conditions (such as in 
football stadiums). 

DEFINING TRANSMITTER REQUIREMENTS 
To assure uninterrupted operation, all transmitter 

connections should either lock or screw into place. 
Professional wireless transmitters are available in pocket - 

sized or hand -held versions. Pocket -sized transmitters should 
be lightweight (about 5 ounces, including battery), and small 
enough to fit into a shirt pocket. 

The input of a pocket -sized transmitter should accept any 
popular professional -type low- impedance (150 -ohm) micro- 
phone, such as the Sony ECM -30 or Unex electret- condenser 
microphone. An external control should be available to adjust 
microphone input levels from about -65 dBm (0.22 mV) to 
-20 dBm (39 mV). to the threshold of compression. (The FCC 
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GET THE MESSAGE ACROSS 

AP SERIES 
The world's most popular omni -purpose 
high efficiency loudspeakers for applica- 
tion with commercial sound, intercom, 
protective signaling and public address 
systems. Compact size, weatherproof 
construction, all- metal, baked epoxy 
finish. 15 or 30 watts power handling; 
wide angle, bi- directional or radial dis- 
persion- emphasis; surface, recessed, 
flange mounting; built -in vari -tap for 70V. 
and 25V. line matching. 

DR, BIA 
and CJ SERIES 
Directional reflex sound projectors for 
uniform and controlled coverage, and 
optimum penetration over distance and 
ambient noise. Weatherproof, vibration- 
f ree construction. 
Sound dispersion 
options of 95 °, 85 °, 75 °, 
65 °, and wide angle 
120° x 60 °. For use with 
all ATLAS SOUND 
compression drivers. 

ATLAS SOUND, DIVISION OF AMERICAN TRADING AND PRODUCTION CORPORATION 
10 POMEROY ROAD. PARSIPPANY. NJ 07054 (201) 887 -7800 

WR and 
WT SERIES 
Re- entrant, element- resistant loud- 
speakers with extended frequency re- 
sponse ideally suited for music, inter- 
com, and paging systems in recrea- 
tional, commercial, industrial, church 
and educational facilities. All- metal, 
beige, housings harmonizing with out- 
door and indoor surroundings. Choice of 
high efficiency 5, 10, 15 or 30 watts con- 
tinuous power handling; integral line 
transformer -equipped models. 
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Figure 4. RF line amplifier with four -port multicoupler 
allows one antenna to be used with four receivers. 
(RF line amplifier is not necessary with short antenna 
cable run.) 

requires compression or some form of modulation limiting.) 
Ideally. the modulation limiter should be a compressor (not a 

clipper) with 5- millisecond attack and 200- millisecond release 
times. Onset of compression should be externally metered and 
controllable with an external mic -level trimmer. Above 
threshold. a 30 -dB increase of input signal should result in only 
a 3 -dB rise in modulation (10:1 ratio). The mic connector often 
is recommended to be a Lemo "Quick -Loc." a favorite in the 
demanding film industry because of its positive- mating gold 
contacts, push -lock security. and rugged strain- relief cable 
fitting. When bias is required for an electret condenser 
microphone, it should be obtainable from spare pins in the 
Lemo connector, eliminating the need for bulky and unreliable 
external battery supplies. 

The pocket -sized transmitter case should have no sharp 
corners, be highly impact resistant, and be wearable in a 

costume or taped to a performer's body with safety and 
comfort. The case should be sealed to keep out high humidity 
(and rainwater). and to protect the circuitry from corrosive 
body acids. A separate slide -open battery compartment should 
be provided to allow battery removal without exposure of other 
circuitry. The transmitter should be designed to accept a 

standard 9 -volt alkaline battery. If several batteries are to be 
stored for long periods of time, it is recommended that they be 

Receiver Receiver Receiver 

stored in a cool location, such as a refrigerator, for extended 
shelf life. (Rechargeable NiCd batteries usually are not 
advisable. because of short operating time between charges, and 
because of heavier weight.) A transmitter with 50- milliwatt RF 
output should have approximately an 8 -hour alkaline- battery 
life. 

The antenna should be a quarter -wavelength flexible wire 
permanently attached to the pocket -sized transmitter for 
greater reliability and maximum output. 

A professional hand -held transmitter should also be light- 
weight and as attractive as possible. Preferably, the antenna 
should be incorporated into the microphone housing. to 
eliminate unsightly dangling wires and "rubber duckies." If 
designed properly. the built -in antenna will radiate as well as or 
better than an external antenna. The case should have a 

contoured shape (to avoid the "flashlight" look) and should 
have a well- balanced feel. 

The hand -held transmitter should be equipped with an 
industry -standard microphone capsule. such as an Electro- 
Voice EV-671 or Shure SM58 element. 

Frequency response and other specifications should be the 
same as mentioned above for pocket -sized transmitters. An 
audio gain control should be provided on the bottom of the 
hand -held microphone case, to allow the user to adjust the mic's 
sensitivity. Ideally, optimum setup should be verifiable, such as 

with an adjacent LED compression indicator. The microphone 
should also include a power on, off switch plus a separate audio 
on, off switch to keep the receiver quiet (with a continuously 
transmitted signal) while temporarily silencing the mic's audio. y 
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Figure 5. Two multicouplers can be chained to allow 
seven receivers to operate with one antenna. 

I he transmitter should be the type accepted under Part 90 of 
the FCC Rules and Regulations, if it is to be used in business 
applications, or under Part 74, if it is to be used in broadcast or 
filmmaking applications. 

DEFINING RECEIVER REQUIREMENTS 
The ideal professional wireless receiver is extremely sensitive, 

highly selective, and inherently stable. RF sensitivity should be 

less than 0.7 microvolt for 20-dB quieting. Ultimate quieting 
should be better than 70 dB with I -mV RF signal input, and at 
least 70 dB squelch quieting (no signal input). Image and 
spurious rejection should be at least - 70 dB. The design should 
include a true helical- resonator preselector and crystal - 
controlled local oscillator stage. 

Full monitoring facilities should be provided to indicate 
system status. A professional wireless receiver should include a 

V U meter to indicate audio- output level. Metering should also 
be provided for relative RF signal strength and primary power 
(AC line or battery level). LEDs should be provided on AC- 
powered receivers (not battery -powered, because of current 
drain) to indicate when the power is on, and when an RF carrier 
is being received. 

In a diversity receiver, LEDs should be provided to indicate 
which receiver section is selected. Diversity reception increases 
signal pickup reliability, with minimal dropouts or fades (noise 
ups) as performers move around a stage or set. (See FIGU RE I.) 

Diversity reception is especially effective in eliminating 
multipath cancellation, in which a reflected signal arrives at the 
receiving antenna slightly later than the direct signal. Reflecting 
objects include air -conditioning ducts, chicken wire, metal 
benches, screens, etc. The reflected signal is out of phase with 
the direct signal, and the two signals will cancel each other. 
either partially or completely. This problem can occur even at 
short distances. However, when two antennas are used (each 
connected to a separate receiver section in a diversity receiver), 
multipath cancellation rarely occurs on both antennas simul- 
taneously, and the receiver section with the strongest input 
signal is selected automatically. 

Path loss and absorption are other types of signal 
cancellation that may be overcome by usinga diversity receiver. 
As the transmitter user moves so far away from oneantenna that 
normally a signal fade would result, he may still be within range 
of the other antenna, and the receiver section to which that 
antenna is connected will then be selected automatically. The 
same effect would occur if an interfering object were between 
the transmitter and one of the antennas. 

The ideal diversity receiver contains two receiver sections in 
one package, with two antenna inputs, one for each receiver 
section. (A diversity receiver is superior to a single receiver with 
a diversity antenna.) The receiver section must be critically 
matched and adjusted to yield the same RF characteristics and 
identical audio phase and amplitude response. A combiner 
circuit continuously compares the RF signal strength coming 
into each receiver section from each antenna, and silently 
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switches the receiver in order that the audio output is from the 
section receiving the strongest signal. A desirable feature is a 

front -panel switch for manually selecting either receiver 
section, which is handy when positioning antennas while 
checking for optimum signal strength. Automatic diversity 
switching should be electronic, with no noisy mechanical relays. 
to avoid loud clicks or pops. 

Audio monitoring should be available via a headphone jack 
and a separate level control. The monitor audio should be 

independent of the main audio output, which is available 
through a transformer -isolated XLR connector. The XLR 
output should be switchable to drive professional 600 -ohm line 
inputs (at 0 dBm nominal level) or 150 -ohm microphone inputs 
(at -52 dBm). A floating, low- impedance XLR output enables 
long audio cables to be run to virtually any sound system with 
minimal hum, noise, and high -frequency losses. 

COMPANDING INCREASES DYNAMIC RANGE 
In some professional wireless microphone applications. 

increased dynamic range and lower residual noise are desired, 
and are achievable with companding, an audio signal 
processing technique sometimes called "dynamic expansion" or 
"DYNEX" (a registered trademark of Cetec Vega). 

A compandor consists of a volume compressor in the trans- 
mitter and a volume expander in the receiver. (See FIGURE 2.) 
The transmitted volume range is compressed to approximately 
half the applied range (that is, by about 45 dB). by providing 
more gain to low -level speech phonemes than to high -level 
phonemes. Therefore, low -level phonemes are transmitted at a 

much higher level, without being masked by noise. The signal is 

well above the approximately 70 dB noise floor of the 
transmitter modulator and receiver discriminator circuits and, 
therefore, this noise is not detected. After the discriminator. the 
receiving volume expander performs the reverse function. 
linearly restoring the signal intensity to its original 90-dB 
dynamic range, while reducing received noise between syllables 
by approximately 20 to 22 dB. 

The compander in a high -quality professional microphone 
system will be nearly "invisible ": that is, audio pumping will not 
be noticeable. However. sound mixers will be able to record 
very weak sounds with very loud sounds (such as gun shots) on 
the same soundtrack without distortion or recovery delay. 

INSTALLING ANTENNAS 
The installation of antennas is one of the most important 

factors in a wireless microphone system, for preventing fades 
and dropouts. In many installations, a whip antenna connected 
directly to the wireless receiver is adequate. However, when a 
large area must be covered or when signals encounter 
obstructions, a dipole antenna is recommended, mounted in a 
high location, preferably in line -of -sight with the transmitter. 
the antenna elements should be in a vertical configuration. For 
even greater distances, a 50 -ohm multi -element yagi antenna, 
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ICROPHONES! 
At long last, all the questions you ever 
asked ... all the problems you ever grappled 
with.. are answered clearly and definitively! 

The 

HandboOk 
JOhn Eargie 

In 256 fact -filled pages, liberally sprinkled 
with over 500 Illuminating photographs, 
drawings and diagrams, John Eargie covers 
virtually every practical aspect of micro- 
phone design and usage. 

Y 

Completely up to date, this vital new handbook is 

a must or any professional whose work involves 
microphones. Here are just a few of the topics that 
are thoroughly covered: 

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

THE MICROPHONE HANDBOOK. You'll find 
yourself reaching for it every time a 
new or unusual problem crops up. Order 
your copy now! 

JOHN EARGLE, 
not i'cturer and audio expert. is vice -president. 
mar,.. ng for James B Lansing Sound. He has also 
servea as chief engineer with Mercury Records, and is a 

member of SMPTE, IEEE and AES. for which he served as 
president in 1974 -75. Listed in Engineers of Distinction, 
he has over 30 published articles and reccro reviews to 
his credit, and is the author of another important book, 
Sound Recording. 

$28.50 
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1120 Old Country Road, Plainview, NY 11803 

YES! Please send copies of The Micro- 
phone Handbook rrr S28.50 per copy. (New York 
State residents add appropriate sales tax.) 

Payment enclosed. 
Or charge my Pi MasterCard r Visa 

Acct. # Exp. Date 
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Address 

City 

State /Zip 

Signature 
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kHz. By contrast, 3M believes 50 kHz is still better for purely 
technical reasons, while conceding that "...48 kHz is very 
workable, and presents no real sacrifice in audio quality." 

Meanwhile, how would you like a digital recorder that can 
shuttle from any point to any other point within 50 milli- 
seconds? The EMT -450 Digiphon uses a 300 Megabyte disc 
stack which will store about 35 minutes of stereo program. For 
the moment, the system is intended for applications in which 
"instant access" is a primary consideration, and it will probably 
be some time until that storage system shrinks in size (and cost) 
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sufficiently to compete with the traditional reel of tape. More 
than three years ago, producer David Rubinson asked for 

..a memory core of some kind with much easier (than tape) 
data retrieval.- (See "Automating the Automatt" in the 
November, 1978 db -Ed.) Hang on, Dave, help is on the way. 

As a point of interest (and possibly, food for thought), note 
that the Digiphon has "fast forward" and "rewind" buttons. The 
system doesn't really need them, but its operator does. 
Although the Digiphon will find any known location instantly 
(that is, within 50 ms), some sort of tape -like forward -back- 



Figure 5. Lexicon's Super Prime Time Programmable 
Digital Delay Processor. 

ward control is still needed so that the human operator can 
roam through the program, searching but whatever it is that 
needs to be found. 

On a smaller scale, JVC introduced a two -channel digital 
compact cassette deck. Although the cassette's size and physical 
format are the same as the conventional analog Philips compact 
cassette, the similarity ends there. Needless to say, your favorite 
brand of blank cassette tapes will not work in the digital 
domain. The system was so designed in order to take advantage 
of the ease of operation, portability, and already- proven 
production techniques of the compact cassette format. and not 
for any sort of A. D interchange. 

Figure 6. The Ursa Major 8 x 32 Digital Reverberation 
System. 

Closer to the other end of the signal path. JVC introduced its 
new CH -90 cutter head and CA -90 cutter drive system. Some 
years ago, the JVC Cutting Center opened in Los Angeles. 
Originally intended as a hall -speed cutting service for CD-4 
records, the center soon attracted a following of quality - 
conscious engineers and producers who wanted to employ half- 
speed techniques for their conventional stereo productions. 
Oyer the years. ,JVC has customized their cutting lathes with 
high -torque, quartz- locked lathe motors, as well as with 
transformerless consoles. [he cutting head and drive package 
are the latest refinements to the system. 

THREE -CHANNEL SOUND? 
At recent AES conyentions -, incuding this one -JVC has 

been showing its AHI) (Audio High -Density) disc in a format 
comprising three audio channels and a still -frame video 
channel. A JVC paper cites the advantages of the third (center) 
audio channel for improved image stability. Although the 
theory is certainly indisputable, there may be some consumer 
resistance to an A; V system that is "neither fish nor fowl." It's 
likeI t hat the consumer will lind little incentive to invest in a 

system that offers neither full -blown video action, nor the 
potential tor reproducing (when-and-i0 quadraphonic sound. 

SIGNAL PROCESSING 
Natural!). digital technology continues its move into the 

world of signal processing. Once digital recording consoles 
become a practical reality, we can expect an entirely new 
generation of digital signal processing hardware that will not 
require A; D-D1 A conversions at each end. 

Lexicon's model 97 Super Prime Time is described as a 

programmable audio processor which allows the user to create, 
store in memory, and recall any of 32 user -created effects. plus 8 

effects programs preset by Lexicon. These include two flanging 
programs, doubling, tripling, chorusing, and three echo 
programs (slap. short and long). Furthermore. the user can 
store his own special effects programs on a cassette tape rather 
than within the 97's own (non -volatile) memory. Presumably, 
this will protect your hit sounds from falling into enemy hands, 
and furthermore, you can bring them to another studio 
(providing they have their own 97). For those who may feel a 

trifle more secure, the effects programs could be recorded on the 
multi -track master. just ahead of the tune, and loaded into the 
97 at the beginning of the mixdown. Now, all that remains is to 
figure out a way for bringing the effects under software control. 
'[hen the studio automation system could "patch in- the desired 
effect as needed during the mix. 

Ursa Major's new 8 x 32 Digital Reverberation system 
contains 64 non -volatile registers in which the user can create a 

variety of reverberation effects, with decay times of use to 20 
seconds. Early reflections are variable between 6 and 96 ms. in 
16 steps, and with 8 steps of level control. Once a desired effect is 

established, it can be stored in any user -designated register. 
Later, the effect may be recalled, modified if desired, and re- 
stored in the same, or in a different, register. The 8 x 32 made its 
'public debut earlier this year. in the sound reinforcement system 
used during the Simon and Garfunkel concert in Central Park 
on September 19th. 

NOISE REDUCTION 
Mea nwhile, back in the analog world, Dolby Laboratories 

have introduced the SP series of noise reduction units. In only 
121/4 inches of rack space, the SP24 will accommodate 24 
channels of noise reduction. using the standard Dolby cat. 22 
cards. 

dbx's new model 180 provides two encode, decode channels 
of their Type I noise reduction in a 13/4 inch rack -mount 

Figure 7. Dolby's new SP series accommodates 24 
channels of noise reduction in one 19 -inch rack panel. 

configuration, and is intended for use with any two -track tape 
machine. The company is also entering the Dolby -dominated 
cassette industry. Several months ago, dbx began a licensing 
program, and their cassette noise reduction system has already 
appeared in decks from Technics. Yamaha and others. The new 
2 -by -2 1/4 inch noise reduction cards are expected to attract more 
manufacturers, according to a dbx announcement, which notes 
that the same system will also reproduce dbx -encoded discs. 

Press reaction to the CBS CX noise reduction system for 
discs has been- to put it mildly- less than enthusiastic. (No 
comment from us here at db. since we really haven't heard much 
of the system yet.) Part of the backlash has been directed at 

c.n 
C.3 



CBS' claims of "compatibility" ala Dolby -B, in which CX- 
encoded discs are said to playback satisfactorily, even without 
CX decoding. Some critical listeners say this just isn't so. and 
that while CX discs may not be as bad in their undecoded state 
as dbx discs. they are certainly not "compatible" with playback 

dbx 
180 

Figure 8. The dbx model 180 Type I Noise Reduction 
System (A) and the noise reduction cards for 
cassette decks. 
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systems that do not yet have decoding available. 
For those who take their noise reduction seriously, the CBS 

Technology Center has licensed UREI as the exclusive 
manufacturer of the CX noise reduction encoder/ decoder. 
Accordingly, UREI introduced its model 1181, a snappy - 
looking CX encoder /decoder for disc mastering. The system 
features preview, program and audition modes, metering and 
calibration controls which may be protected against "busy 
fingers" by a screw -on security cover. There's even a special 
equalization option for video disc applications. 

Micmix Audio's new Dynafex is described as a single -ended 
noise reduction system, which may also be used as a noise gate. 
The system uses a voltage -controlled filter whose threshold may 
be varied over a range of 30 dB. Dynafex contains two channels 
of noise gate/ noise reduction in I% inches of rack space. 

TAPE RECORDERS 
From across the room, the new Ampex ATR -800 could 

almost be mistaken for the famous ATR -I00, but on closer 
inspection it turns out to be a recorder designed for the 
broadcast industry. The ATR -800 features a built -in cue 
amplifier, and it even allows hands -on- the -reels type tape 
movement for editing and cueing. It is available in one -, two - 
and four -channel formats, with a basic two channel recorder 
priced at $5,450. 

: . rt41 --]; . r ' ,, a ! sY4 yY y 4i üo 
Figure 9. URE1's model 1181 Mastering Encoder /Decoder 
for CX noise reduction. 

From Great Fritain, Itam Tape Recorders are now 
represented here in the colonies by Itam America, Inc. The 
company's model 1610 offers 8 or 16 tracks on one -inch tape, at 
speeds of 71, 15 or 30 ips. The 16I0's roll- around cabinet 
contains ample space for 16 tracks of noise reduction beneath 
the recorder's electronics. 

Otari's MTR -90 multi -track recorder has been joined by the 
MTR -10 series of two- and four- channel recorders. Tape 
transport performance is looked after by an 8080A micro- 
processor, and four EPROMs provide firmware control of the 
system's operating parameters. For easy interface to editing 
systems, synchronizers, etc., all transport and other functions 
appear at a rear -panel multi -pin connector. 

TIME CODE HARDWARE 
B I Vs series 5000 urne code products include SMPTE time 

code generators, readers and generator/ reader combinations. 
Each of these is available with a video character display option, 

Figure 10. The Ampex model ATR -800 audio tape 
recorder. 

consisting of a 7 -by -9 dot matrix shown against a luminance 
window. Size and position of the display are both user - 
adjustable. (BTX's Shadow System was described in detail in 
last month's db -Ed.) 

Commercial Electronics, Ltd. introduced its OMNI -Q TL 
series of synchronizers. The TL-1 is a Sync/ Effects unit which 
generates time code and provides a manual variable offset for 
phasing and flanging effects. The TL -2 Expansion Module adds 
LCD readout of time and a "phase" meter which displays the 
variable (±30 ms) offset. The TL -2 also provides tape transport 
controls. 

The Omni -Q does not use SMPTE time code. Instead, it 
generates a 40 -bit code (SMPTE uses 80 bits), modulated on a 
21 kHz carrier. For video sync, the carrier is lowered to 12 kHz, 
to accommodate systems that cannot record the higher 
frequency carrier. In either case, the TL -2 displays minutes: 



seconds: frames, but not hours. The Omni -Q literature points 
out that when the 21 kHz carrier is used, the time -code channel 

may also be used for some limited -range audio as well. 
As a possible source of confusion, Conex Electro Systems 

also manufacture an Omni -Q. However, this one is an 8 stereo 

channels in/ I out general purpose cue and monitor amplifier 
with a suggested retail price of $450. 

A newcomer to AES shows is Adams- Smith, Inc., whose 

series 2600 time code products are a group of modules, each 

dedicated to performing a specific function. Available modules 
include longitudinal and vertical interval generators and 
readers, code restorers, sync generators and display modules. 
By using a "building block" approach, the user may start out 

with a minimal system, and add modules later on, as required. 
Also available is the model TS -605; a Tape Synchronizer 
designed for one master and two slave transports. 

ELECTRONIC MUSIC 
1 he McLeyvier Electronic Music System units typewriter 

and piano -type keyboards, a video monitor and a graphics 
plotter into a complex instrument that should keep any 

musician/ engineer busy for hours, if not indefinitely. The user 

Figure 11. David McLey, his computer -based McLeyvier 
Electronic Music System (A), and a sample hard - 
copy printout from a Hewlett -Packard Graphic Plotter 
which was interlaced with the system (B). 
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Figure 12. A few weeks alter the convention, Con Brio 
announced its new ADS 200 Scorewriter System option, 
shown here with the Con Brio Digital Music Synthesizer. 

plays the piano keyboard, while using the typewriter keyboard 
(a computer, naturally) to program the type of sound that is 

needed. The video monitor displays the usual instructions and 
prompt lines, or it may be used to display the musical notation 
of what has been played / programmed. Once you're satisfied 
with tae results, the system will print out a hard -copy musical 
score. Individual parts may be printed, as well as a complete 
conductor's score. This feature alone should make it very 
attractive for studio arrangers, who can now wait until the last 
minute to finish a chart, and still get the parts "copies" in time 
for the session. 

THE AES ANTHOLOGY SERIES 
Some years ago, the Audio Engineering Society began its 

Anthology Series-- a collection of papers previously preprinted 
in the Society's Journal, with each Anthology dedicated to a 

specific topic. The papers have been selected by an authority in 
the particular subject, and grouped under various sub- 
categories. For example, David Klepper selected 73 papers for 
the Sound Reinforcement Anthology, and these are presented 
chronologically within the following sections: General Sound 
System Design and Evaluation, Control of Feedback and 
Equalization, Delay, Loudspeaker Cluster Design, Indoor 
Systems. Outdoor Systems, and Circuit Considerations. 

In all, six Anthologies are available at member/ non -member 
prices of $19.00/22.00 ($17.50/20.00 for two or more 
Anthologies). The Anthologies may be ordered from the Audio 
Engineering Society, Inc.. 60 East 42nd Street, New York, NY 
10165. Titles, editors, number of papers, and dates are given 
below: 

Quadraphony, J. G. Woodward, 34 papers. 1969 -75. 
Sound Reinforcement, David L. Klepper, 73 papers, 1953 -78. 
Loudspeakers, Raymond E. Cooke, 61 papers, 1953 -77. 
Microphones, Louis A. Abbagnaro, 63 papers, 1953 -79. 
Disk Recording, Volume I: Groove Geometry and the Record- 

ing Process. Stephen F. Temmer, 73 papers, 1953 -80. 
Disk Recording. Volume 2: Disk Playback and "Testing, 

Stephen F. Temmer, 83 papers. 1953 -80. 



New Product: & Services 

WIRELESS INTERCOM 

Cetec Vega has expanded its wireless - 
intercom "Q System" to allow interfacing 
with wired intercom systems and to allow 
up to seven parties in a full -duplex wire- 
less communications system. The new 
QX -1 System allows one party equipped 
with a QT -I /QR -I system to be a walk - 
around full -duplex wireless station 
within an otherwise wired intercom 
system (such as RTS, Clear -Com, David 
Clark, etc.). The new QX -2 System 
allows from two to six parties, each 
equipped with a QT- I /QR -I system, to 
operate within a full- duplex, party -line 
communications network, with an 
optional interface to a wired intercom 
system. One party can be strapped for 
priority if that party operates in a push - 
to -talk mode. Furthermore, an addi- 
tional local operator may be plugged into 
the QX -2 base station. Accessories in- 
clude antennas, headsets, leather holster, 
belt clip, interconnecting cables, and con- 
nectors. All transmitters are compatible 
with all standard electret and magnetic 
microphones. 
Mfr: Cecee Vega 

Circle 42 on Reader Service Card 

TEST CABLE 

A test cable for rapid connection with a 

double banana plug and push -on BNC 
male, has been introduced by ITT 
Pomona. Model 4767 -C, available in 
four lengths from 609.6 mm (24 in.) to 
1524.0 mm (60 in.), features beryllium 
copper outer fingers on the BNC, main- 
taining shield continuity. The double 
banana plug is insulated with polyethylene 
and can withstand temperatures up to 
+55 C ( +131 F). 
Mir: ITT Pomona Electronics 
Price: 4767-C-36 (36 in.) $9.75 
Circle 44 on Reader Service Card 

STUDIO CHASSIS ACCESSORY 

]PoII,.:, 

Orban has announced the availability 
of the new Studio Chassis accessory 
(Model 8100A /ST) for the OPTIMOD- 
FM 8100A signal processing system. The 
new accessory chassis allows the OPTI- 
MOD-FM system to be split into com- 
pressor and limiter sections. The acces- 
sory chassis accepts three cards removed 
from the main OPTIMOD -FM chassis, 
and is placed on the studio side of the 
STL (dual microwave or phone lines), 
preventing STL overload. Additionally, 
this configuration makes most operating 
control available at the studio. Two 
buffer cards are installed in the main 
OPTIMOD -FM chassis at the trans- 
mitter. The main chassis then per- 
forms only the peak limiter, high fre- 
quency limiting and stereo generating 
functions. 
Mfr: Urban 
Price: $795.00 
Circle 43 on Reader Service Card 

COMPUTER SOUND PROCESSOR 

The DMX -1010 is a programmable 
digital audio signal processor designed 
for music synthesis and musical signal 
processing. As a signal processor, the 
DMX -1010 will do delay, reverberation, 
phasing, flanging, equalization, com- 
pression, limiting and more. Synthesis 
may be combined with signal processing. 
All synthesis and processing is done 
digitally, with 16 -bit accuracy, giving 
very high fidelity. All synthesis and 
signal processing units are implemented 
in software that runs on the DMX- 1010's 
two computers -a PDP-I 1/03 micro- 
computer and a DMX -1000 signal 
processor. The 11/03 is responsible for 
the operator interface and for doing 
such processing as can be done at rates 
up to 100 Hz. The DMX -1000 is an ultra- 
high -speed microprogrammable audio 
signal processor that does processing at 
the audio rate. The DMX -1010 includes 
a CRT terminal and a real -time control 
panel containing 10 knobs and five 
switches. Specifications include audio 
sampling rate adjustable from 19.3 kHz 
to 100 kHz, with bandwidth from 0 up 
to 40 kHz. A/D and D/A converters 
have 16 -bit resolution, giving a 90 dB 
dynamic range. Up to 21 oscillators may 
be used at a 19,3 kHz sampling rate. 
Mfr: Digital Music Systems. Inc. 
Price: $35,300 
Circle 45 on Reader Service Card 



STEREO MIXERS 

Available with 8, 12, and 16 input 
channels, the 22 Series offers some pro- 
fessional features not commonly found 
on stereo mixers. Some of the features 
found on 22 Series consoles include: 
(Input Channels) Balanced Mic and 
Line level inputs, Input preamp in/ out 
jacks, Mic ¡ Line switching, Peak LED 
indicators, Monitor, Reverb (all 22 
Series consoles have built -in reverb 
featuring the Accutronics type 9 tank), 
Aux (with pre or post EQ/ fader switch- 
ing), 3 -way EQ, Pan, Solo, and slide 
faders. Master Control features include 
extensive headphone monitoring and 
Solo system, Switchable metering, Pan - 
able Aux return and Panable reverb, 
Slide fader master output controls for 
Left/ Right Monitor master and Mono. 
Rear panel connections include both 
balanced and unbalanced line level 
outputs on all main output functions 
(L /R, Monitor and Mono), High and 
Low level Aux return jacks, and Master 
function inputs that allow two 22 Series 
consoles to be interconnected for more 
input channels. In addition, the 22 Series 
can use its own internal power supply, 
or may be powered with NEI's XMP 
remote supply simply by throwing a 

switch on the rear panel. 
Mir: Neptune Electronics, Inc. 

Circle 47 on Reader Service Card 

DISSOLVE STAND AND 
TRAVEL CASE 

A new 2 -level stand which will hold 
two Kodak Ektagraphic or Carousel slide 
projectors has recently been introduced 
by Tiffen. The new stand provides 
control knobs for adjustments of the 
horizontal and vertical positions of the 
projectors. The model D2 Stand is avail- 
able either as a separate unit or as a part 
of the Model DI000 Traveling Show- 
case, which stores Stand, holding 
projectors and trays. The D1000 also 
features space for additional lenses and 
storage for dissolve units. 

TiJfen Manufacturing Corporation 
Price: D1000- 8335.00, D2- 8139.50 
Circle 48 on Reader Service Card 

P 
AUDIO MONITOR 

AMPLIFIERS 

IMPAC' 
MODEL 4007 

LINE TO 
SPEAKER 
15 WATTS 
RMS 
SINE WAVE 
INTO 4 OHMS 
ADJUSTABLE 
GAIN 
SHORT 
CIRCUIT 
PROTECTION 

LINE OR MIC 
TO SPEAKER 
5 WATTS RMS 
INTO 4 OHM 

IMPAC' LOAD 
ADJUSTABLE 

MODELS GAIN 
4405 -LINE SHORT 

LEVEL INPUT CIRCUIT 
4405 -1 - MIC INPUT PROTECTION 
-IMPAC -Integrated Modular Professional Audio Component 

CARD HOLDERS, RACKS, AND 
POWER SUPPLIES AVAILABLE 

MODULAR 
AUDIO PRODUCTS 

rl 

a 
P A UNIT OF MODULAR DEVICES, INC. 

V0 Orville Drive Airport International Pla:,a 
Bohemia, N.V. 11716 (516) 567 -9620 

Circle 46 on Reader Service Card 

Tile best 
amo- 
one-Imx 
sound 
system 

is the three -way horn- loaded 
FR -350 sound reproducer from EAW. 

Among its major performance features are: 

Frequency range 45 to 19,000 Hz 
Acoustically compensated 18 dB per octave crossover 
Efficiency of 107 dB SPL per watt Virtual indestructibility 

Audibly, it outperforms its two big -name competitors for only a few 
dollars more. Hear it before you buy any sound reinforcement speaker system 
at any price. For the name of your demonstrating EAW dealer, circle 
reader service L I number or contact: 

Eastern Acoustic Works, Inc. 
59 Fountain Street, Framingham, MA 01701 USA (617) 620.1478 

Circle 38 on Reader Service Card 
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Classified 
Closing date is the fifteenth of the second month preceding the date of issue. 
Send copies to: Classified Ad Dept. 
db THE SOUND ENGINEERING MAGAZINE 
1120 Old Country Road, Plainview, New York 11803 

Minimum order accepted: $25.00 
Rates: $1.00 a word 
Boxed Ads: $40.00 per column inch 
db Box Number: $8.50 for wording "Dept. XX." etc. 
Plus $1.50 to cover postage 

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

ALL CLASSIFIED ADS MUST BE PREPAID. 

REELS AND BOXES 5" and 7" large and 
small hubs, heavy duty white boxes. 
W -M Sales, 1118 Dula Circle, Duncanville, 
Texas 75116 (214) 296 -2773. 

ORBAN and LEXICON. All products in 
stock. FOR IMMEDIATE DELIVERY. 
UAR Professional Systems, 8535 Fair- 
haven, San Antonio, TX 78229. 512 -690- 
8888. 

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

MICROPHONES BY UPS. Quicker. You'll 
save more with us. All popular models for 
immediate delivery. UAR Professional 
Systems. (512) 690 -8888. 

FREE CATALOG d AUDIO APPLICATIONS 

OPAMP 
LABS INC. 

CONSOLES 
KITS & WIRED 

AMPLIFIÉES 
MIC, E O, AC N, LIN E, 

TAPE, DISC, POWER 
OSCILLATORS 

AUDIO, TAPE SIAS 
POWER SUPPSIR 

1033 N. SYCAMORE AVE. 
LOS ANGELES, CA. 9003$ 
(213) 934-3566 

FOR SALE 

BLANK AUDIO AND VIDEO CASSETTES 
direct from manufacturer, below whole- 
sale, any length cassettes: 4 different 
qualities to choose from. Bulk and reel 
mastertape -from '/ -inch to 2 -inch. Cas- 
sette duplication álso available. Brochure. 
Andol Audio Products, Inc., Dept. db, 
42 -12 14th Ave., Brooklyn, NY 11219. Toll 
free 1- 800 -221 -6578, ext. 1, NY residents 
(212) 435 -7322. 

WHITE INSTRUMENTS, model 4004, 
1/3 octave passive equalizers. Quantity 
of two. List $1,250 each. Sell for S1,200/ 
pair, or best offer. Contact Paul Miller at 
(201) 569 -7200. 

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

OTARI 
AVL 

GAUSS 
AVAILABLE FROM STOCK 

PRAN INC. 
1001 BROADWAY 
NEW BRAUNFELS,TX.78130 

(512) 825 -2376 

SCULLY 280B 4 TRACK, in console, with 
vari- speed, excellent condition, $3,850.00. 
FOB PA. (215) 935 -1422, Forge Recording 
Studios, Inc. 

METAL PRECISION TAKE UP reels, $9.75 
each, used. Sizes 2 ", 1". ' Plastic 
shippers $4 each. 407 x 1" new S39.50/roll. 
New tape wanted. Tape Exchange, 3371 
Elgin, San Jose, CA 95118. 

TECHNICS, BGW, EVENTIDE, AKG, 
Scully, and many more IN STOCK. FOR 
IMMEDIATE DELIVERY: UAR Profes- 
sional Systems, 8535 Fairhaven, San 
Antonio, TX 78229. (512) 690 -8888. 

CROWN M -600 AMPLIFIERS, absolutely 
mint, $1250 ea. Otani MX -5050 QXHD 
4 track, new, unused. Needs electrical 
repairs in transport, $ 1200. (301) 862 -4487. 

2 Otani MTR90's 24 tr. 1 remote 
search (near new) 

31 Telecom N/R cards (nearly new) 
2 DBX 208 N/R racks complete 

(perfect cond.) 
1 EMT 244 digital reverb (nearly new) 

Contact Rob or Dale at (213) 859 -0202 



FOR AUDIOPHILES ONLY!!!! Protect 
your investment with conductive record 
sleeves!! At last, the ultimate solution to a 

well known problem! Now you can store 
your investment in a completely "static - 
free" sleeve, which stores neatly inside of 
your existing album cover. For a limited 
time only, you'll receive 10 sleeves + your 
FREE copy of The Audiophiles Guide to 
Static Elimination'. all for only $10.00 
$1.50 postage. Don't delay, send check or 
m o. to. D.S. & A., Inc., Record -Stat 
Division, 314 North Lake Street, P.O. 
Box 1305, Aurora, IL 60507. 

JFET TUBE REPLACEMENTS for first 
playback stages in most Ampex Profes- 
sional audio tape recorders /reproducers 
available from VIF International, Box 
1555, Mountain View, CA 94042. (408) 
739 -9740. 

FOR SALE: ONE SPECTRA Sonics 1032- 
32 audio console, fully balanced, show- 
room demo. Adaptable to television, 
broadcast production and fixed installa- 
tion. Pro Corn Systems, (412) 621 -1950. 

LEXICON, dbx, & UREI. Most items for im- 
mediate delivery. UAR Professional Sys- 
tems, 8535 Fairhaven, San Antonio, TX 
78229. (512) 690 -8888. 

FOR SALE AKG C -24 and other tube type 
condenser mics. (415) 441 -8934 or 527- 
6167. 

YAMAHA PM 1000 mixing console, ex- 
cellent condition, $4,000. Call Mark at 
UCLA (213) 825 -8013. 

PENTAGON PRO SERIES duplicator, 
both reel to reel and cassette masters to 
19 slaves. All stereo, excellent condition, 
$8.900.00. (215) 935 -1422, Forge Record- 
ing Studios, Inc. 

AMPEX, OTARI, SCULLY -In stock, all 
major professional lines: top dollar trade - 
ins: write or call for prices. Professional 
Audio Video Corporation, 384 Grand 
Street, Paterson, New Jersey 07505. (201) 
523 -3333. 

JBL AND GAUSS 
SPEAKER WARRANTY CENTER 

Fast emergency service. Speaker re- 
coning and repair. Compression driver 
diaphragms for immediate shipment. 
NEWCOME SOUND, 4684 Indianola 
Avenue, Columbus, OH 43214. (614) 
268 -5605. 

SERVICES 

CUTTERHEAD REPAIR SERVICE for all 
models Westrex, HAECO, Grampian. 
Modifications done on Westrex. Quick 
turnaround. New and used cutterheads 
for sale. Send for free brochure: Inter- 
national Cutterhead Repair, 194 Kings Ct., 
Teaneck, N.J. 07666. (201) 837.1289. 

ACOUSTIC CONSULTATION-Special- 
izing in studios, control rooms, discos. 
Qualified personnel, reasonable rates. 
Acoustilog, Bruel & Kjaer, HP, Tektronix, 
'vie, equipment calibrated on premises. 
Reverberation timer and RTA rentals. 
Acoustilog, 19 Mercer Street, New York, 
NY 10013 (212) 925 -1365. 

VIF INTERNATIONAL will remanufacture 
your Ampex or Scully (Ashland /Bodine) 
direct drive capstan motor for$200. Average 
turn around time -2 -3 weeks. For details 
write PO Box 1555, Mtn. View, CA 94042, 
or phone (408) 739 -9740. 

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

WANTED 

WANTED: TRANSCRIPTION discs, any 
size, speed. Radio shows, misic. P.O. 
BOX 724 -db, Redmond, WA 98052. 

EMPLOYMENT 

MAINTENANCE ENGINEER position 
open in top NYC recording studio. Dept. 
122, db Magazine, 1120 Old Country Rd., 
Plainview, NY 11803 

RECORDING ENGINEER /ENGINEER 
assistant seeking full time permanent 
work. 4 years audio, 2 years video, and 
maintenance experience. Equipment to 
offer. Call (205) 263 -6353. 

Copies of db 
Copies of all issues of db -The 
Sound Engineering Magazine start- 
ing with the November 1967 issue 
are now available on 35 mm. micro- 
film. For further information or to 
place your order please write di- 
rectly to: 

University Microfilm, Inc. 
300 North Zeeb Road 
Ann Arbor, Michigan 411108 

Special binders 
now available. 
All you regular db readers who, 
smartly enough, keep all your 
back issues, can now get our 
special binders to hold a whole 
year's worth of db magazines in 
neat order. No more torn -off 
covers, loose pages, mixed -up 
sequence. Twelve copies, Jan- 
uary to December, can be main- 
tained in proper order and good 
condition, so you can easily 
refer to any issue you need, any 
time, with no trouble. 

They look great, too! 
Made of fine quality royal blue 
vinyl, with a clear plastic pocket 
on the spine for indexing infor- 
mation, they make a handsome 
looking addition to your pro- 
fessional bookshelf. 

Just $7.95 each, available in 
North America only. (Payable 
in U.S. currency drawn on U.S. 
banks .) 

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

YES! Please send db binders 
@ $7.95 each, plus applicable sales 
tax. Total amount enclosed $ 

Name 

Company 

Address 
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People/Places/Happenings 

Vladimir G. Nikanorov was named 
vice president of engineering for Muzak, 
according to Edward J. Fuhrman, presi- 
dent. Mr. Nikanorov assumes full re- 
sponsibility for all of the current engi- 
neering operations, as well as the 
implementation of anticipated technical 
advances. Mr. Nikanorov comes to 
M uzak from Bonneville Broadcast Con- 
sultants where he was technical director, 
providing engineering supervision for the 
WO -plus radio station clients of that 
operation. His new appointment is the 
culmination of more than 17 years of 
experience in the field of broadcast audio 
engineering both in this country and 
abroad. Prior to joining Bonneville, Mr. 
Nikanorov was with George Thomas & 
Associates, Los Angeles. as a consultant 
in audio visual systems. He has also been 
associated with Schulke Radio Produc- 
tion Studios, the country's largest 
broadcast syndicator of "beautiful 
music," and the Vanguard Recording 
Society in New York City. 

Fostex Electro Acoustic Systems, a 
division of Interlake Audio Inc., an- 
nounces the appointment of Paul M. 
Gardocki as vice -president, marketing 
and development. Gardocki comes to 
Fostex Electro Acoustic Systems from 
W.E.D. Enterprises, a subsidiary of Walt 
Disney Productions, where he was 
involved in sound systems design and 
loudspeaker evaluation for Disney's 
E.P.C.O.T. project. Gardocki's previous 
experience includes marketing positions 
with Emilar, Marantz and C'erwin Vega. 
Gardocki's responsibilities with Fostex 
include supervision and management of 
the company's marketing programs and 
sales force for the Fostex Laboratory 
Series monitor systems, printed- ribbon 
microphones, studio headphones and 
audio power amplifiers. 

Dave Harrison, president of Harrison 
Systems, Inc., the Nashville -based manu- 
facturer of audio mixing consoles, has 
announced a reorganization of its 
domestic marketing which will affect all 
product sales and support within the 
United States. Harrison is changing to a 

direct -to- end -user sales policy. In most 
parts of the United States, Harrison 
customers will continue to do business 
with the same people as before. The dif- 
ference is that now these people are 
factory representatives rather than 
dealers. They now receive compensa- 
tion from Harrison Systems rather than 
buying equipment and reselling it at a 

profit. 

S. N. Shure, Chairman of the Board of 
Shure Brothers Inc., Evanston, Illinois, 
has announced the election of J. H. 
Kogen to president and general manager. 
Mr. Kogen's previous position was 
executive vice president of operations. 

3M has added Roger Harvey, sales 
representative, to its digital audio equip- 
ment team for a greater concentration of 
sales activities in the Southeast. Based 
in Atlanta, Harvey will cover Tennessee. 
Mississippi, Alabama, Georgia, Florida, 
and South Carolina. This territory was 
formerly covered by William McNutt, 
who is now concentrating his digital sales 
activities in the Southwest, based in 
Dallas. Harvey's background includes 
professional audio recording experience 
at the studio level, as well as radio, 
television and video production work. 
He also has sales responsibility for 3M's 
video recording and related video 
products in southern U.S. The 3M 
Digital Mastering System is the first 
commercially available 32 -track recorder. 
3M also makes a four -track recorder and 
an electronic digital editor. 

Trident (U.S.A.) announce the sale of 
their Series 80 consoles to various studios 
in the U.S.A. A & R Recording in New 
York have purchased a Series 80 with 
Melkuist Sub -Group Facilities. Melkuist 
also boasts a V.C.A. By -Pass switch on 
the fader enabling it to be utilized as a 

regular log fader. A & R are the second 
room in New York to order the Tridenti 
Melkuist combination, the first being 
Record Plant. Mayfair Sound of Man- 
hattan has also purchased a Series 80 and 
T.S.R. 24 Track Tape Machine for 
installation in their Studio "A," which is 

undergoing considerable renovations. 

Quad -Eight Electronics has announced 
that the second of two disk -automated 
Coronado editing systems has been 
delivered to the National Broadcasting 
Company's Burbank facilities. The 
Coronado systems will be installed in 
NBC's new video "sweetening" studios, 
scheduled to go into operation early in 
1982. Each system uses Quad -Eight's 
automated. 40 input Coronado console 
and proprietary "Compumix Ill" soft- 
ware package and includes dual disk 
drives, color graphics terminal and 
Compumix editor computer. Using 
SMPTE time -based synchronization, 
the Quad -Eight system provides a tool 
for audio enhancement, with mix editing 
accuracy down to a single video frame. 
A companion system, the Ventura I1 

editing system, was featured by Quad - 
Eight at the recent Audio Engineering 
Society show in New York. 

Bose Corporation has announced the 
appointment of Richard Tyler to the 
position of sales assistant for its Profes- 
sional Products line in the eleven Western 
states. Tyler has been involved in the 
sound industry since 1976. He has 

served in a retail sales capacity at Pacific 
Stereo and in field sales positions for 
Boman Industries and Cytec Electronics. 

Terry Sorensen has been appointed 
product applications engineer for James 
B. Lansing Sound, Inc.'s International 
Division, it was announced by Bruce 
Scrogin, division vice president. As 
product applications engineer, Sorensen 
provides a variety of technical and sales 
support services to the International 
Division. such as consulting on profes- 
sional installations and directing dealer 
orientation sessions for new equipment. 

Allen & Heath Brenell, Ltd. of London, 
England, announces the formation of 
Allen & Heath Brenell USA, Ltd. to 
handle all operations of the firm in the 
United States. Appointed to the position 
of national sales manager is Mr. Charles 
Augustowski, a long -time representative 
of Allen & Heath products in the U.S. 
Among his first activities includes re- 
organization of AHB operations in the 
U.S., tighter quality control of all 
products shipped from the Stamford CT 
headquarters, and increased dealer 
and rep support. An expanded dealer 
network will be established with the 
appointment of new regional repre- 
sentatives. 
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MASTERS OF THE STUDIO. 
There's as much magic in the mixing board as there is 
in the keyboard. 

That's why, when we award the Ampex Golden 
Reel, it goes to both the recording artist and the 
recording studio. Together they provide the magic that 
turns a reel of recording tape into an outstanding 
creative achievement. 

The Ampex Golden Reel Award honors those 
achievements that were mastered on Ampex 

professional recording tape. They've earned a place in 
the ranks of the world's most successful recorded 
albums and singles *. 

Along with the Award, we also present $1,000 to a 
charitable organization. Since we started the Golden 
Reel Awards three years ago, there have been over 250 
recipients, and more than $250,000 donated on their behalf. 

Congratulations to all of them. The masters on 
both sides of the microphone. 

AMPEX 
Ampex Corporation One of the Signal Companies . 

°Ampex 1981 Golden Reel Winners as of 12/81. Circle 1 ! on Reader Service Card 'RIAA Cerhhed Gold 



CLEAN DISTRIBUTION 
IS YOURS WITH THE 
2 IN/8 OUT 
SOS DA MODULE. 

OPTIMIZE YOUR 
MONITOR SPEAKERS. 
THE COMPACT 507 
OCTAVE EQUALIZER 
IS CLEAN AND 
COST EFFECTIVE. 

FAST RESPONSE 
AND EASY TO READ, 
THE S14 LED QUAD 
METER (PPM OR VU). 

DYNAMITE ADT AND 
FLANGING EFFECTS 
FROM A S24 TIME 
SHAPE MODULE. 

STEREO PANNING. 
AUTOMATICALLYI 
THE 523 PAN 
EFFECTS MODULE. 

ELIMINATE HISS 
WITH THE SO6 
DYNAMIC FILTER / 
GATE MODULE. 

REMOVE LF NOISE 
WITH THE S05 
DYNAMIC FILTER/ 
GATE MODULE. 
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SCAMPS LATEST: 
525 DUAL DE -ESSER 
FOR SUPERLATIVE 

SIBILANCE CONTROL. 

MUTE NOISE AND 
TIGHTEN TRACKS 
WITH THE F300 
EXPANDER/GATE. 

THE GREAT GATES - 
THERE ARE TWO IN 

EACH 5100 DUAL 
GATE MODULE. 

CONTROL DYNAMIC 
RANGE WITH THE 

SO1 COMPRESSOR/ 
LIMITER. FEATURES 

"SOFT KNEE" SLOPES 
AND PUSHBUTTON 
STEREO COUPLING. 

THE ULTIMATE 
EQUALIZER! THE 
504 PARAMETRIC 
WILL SOLVE YOUR 

MOST COMPLEX EQ 

PROBLEMS. 

THE VERSATILE 
S03 SWEEP 
EQUALIZER IS 
EASY TO USE. 

TRANSFORMERLESS 
SO2 MIC PREAMP 
WILL INTERFACE 
WITH LOW LEVELS. 

Circle /2 on Reader gérric e Card 

NOT SHOWN: 
6 MODULE MINI RACK. 
SCAMP POWER SUPPLY. 
EXTENDER BOARD. 
SCAMP BLANK 

MODULE KITS. 

(AVAIL ABLE IN 1 TO B 

MODULE WIDTHS.) 


