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FOR CONSTANT Q: 
THE 622 

Equalizer and notch filters? With a Constant Q 
parametric you get both in one. 

The Orban 622, unlike most parametric equal- 
izers, is a Constant Q design, providing almost infinite 
cut instead of the reciprocal's 12 to 20dB. This means 
the 622 can be used as a notch filter, providing greater 
flexibility to the professional while reducing equipment 
requirements. Long experience has shown the narrow 
cut and broader boost curves of Constant Q to be more 
musically useful, while the bandwidth control still al- 
lows de- equalization of recorded material to exactly 
cancel a previous boost. 

Remember -reciprocal may be more common, 
and perhaps cheaper, but Constant Q is more useful for 
the demanding professional. Rugged construction, 
stability, reliability and responsive product support all 
make the Orban 622 the professional's choice in Con- 
stant Q parametrics. 

For Orban equalizers and other fine profession- 
al audio products, see your local dealer, or contact 
Orban for the location of the dealer nearest you. 

orban 
Orban Associates Inc., 645 Bryant Street, San Francisco, CA 94107 (415) 957 -1067 

- _ e I t O ,.; ._ _ .w ." _ ,p' ; 
.u. 

MOO i°OC 
w 

SIM 

i`.,. r .. 

}r _ 
r4 

Ask your Orban dealer for a copy of our free booklet: "How to 
Choose Equalizers for Professional Recording Applications." 
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Coming 
Next 
Month 

With the 80s only just launched, some 
are already proclaiming these next ten 
years as "the digital decade." That being 
so, our February issue is full of informa- 
tion on what to expect. Naturally, we'll 
have something to say about digital tape 
recorders. And that brings up the sub- 
ject of electronic digital editing. Of 
course, we must not forget computerized 
recording studios either. Why, even the 
test bench will be micro -processor- based, 
as you'll discover in next month's issue 
of db -The Sound Engineering Magazine. 

r\ cluse -up view of the control panel of 
the new Ampex A'I`R -124 recorder - 
Ampex's last word in analog technology. 
For more detailed information on the 
design and operation features of the 
ATR -I24, see this month's "db Special 
Report." 
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PURE PRO 
audio design 
introduces the remarkable 

3535 LOG -8 Microphone Mixer 
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with 

. 
with Voice -Entree'" option 

Permits the activation and simulta- 
neous use of multiple microphones 
without feedback and does the job 
automatically -no operator, no 
manual adjustments required ... 

ASK FOR DESCRIPTIVE FOLDER 

LOOK TO RAULAND FOR EVERYTHING 
IN PROFESSIONAL SOUND 

Spectrum- Master Equalization (Pat- 
ented): Most complete line available. 
Includes 1/3- and 1- octave models, 
test set, and tunable notch filter. 

Spectrum- Master In -Wall Amplifiers: 
Available in 35 -watt, 60 -watt, 100 -watt 
outputs. Each with built -in 1- octave 
equalizer and D.R.E. 

Spectrum- Master Amplifiers: Incompar- 
able Model DX (5 -year warranty) and 
TAX amplifiers, from 70 to 250 watts 
RMS to meet any professional audio 
requirement. 

Spectrum Series Speakers: Professional 
quality two -way speaker systems em- 
bodying superior components in ad- 
vanced system designs. 

WRITE FOR TECHNICAL BULLETINS 

The Quality Name in 
Professional Audio 

RAULAND -BORG CORPORATION 
3535 W. Addison St.. Dept. N.. Chicago. 111.60618 
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FEBRUARY 

1 -2 The 14th Annual Television Con- 
ference of the Society of Motion 
Picture and Television Engineers 
(SMPTE). Toronto, Canada. 
Sheraton Centre Hotel. For more 
information contact: SMPTE TV 
Conference, 862 Scarsdale Av- 
enue, Scarsdale, NY 10583. 

Syn -Aud -Con Sound Engineering 
Seminar 

19 Day of Basics 
20- Three -day seminar. Dana Point 
22 Marina Inn, Dana Point, CA. 

For more information on the 
"Day of Basics" and the three - 
day seminar contact: Syn -Aud- 
Con, P.O. Box 1134. Tustin. CA 
92680. (714) 838-2288. 

25 -28 AES 65th Convention (London). 
London Hilton and Park Lane 
Hotels. For more information 
contact: Audio Engineering So- 
ciety. Inc., 60 East 42nd St.. New 
York. NY 10017. 

25- The 13th International Instru- 
29 ments, Electronics and Automa- 

tion Exhibition DEA). National 
Exhibition Centre, Birmingham, 
England. For more information 
contact: Industrial and Trade 
Fairs Ltd.,Radcliffe House, Blen- 
heim Court, Solihull, West Mid- 
lands B91, 2BG England, Tele- 
phone: 021 705 6707. 

25- B&K Measurement Seminar -In- 
29 dustrial Noise Control I. B&K In- 

struments. Inc., 51 1 1 W. I64th St., 
Cleveland, Ohio 44142. Tele- 
phone: (216) 267 -4800. 

26 -28 "Sound 80" Cunard Hotel, Ham- 
mersmith. London. 

MARCH 

Syn -Aud -Con Sound Engineering 
Seminar 

I I Day of Basics 
12- Three -day Seminar. Dana Point 
14 Marina Inn, Dana Point, .CA. 

For more information on the "Day 
of Basics" and the three -day semi- 
nar contact: Syn -Aud -Con. P.O. 
Box 1134. Tustin, CA 92680, 
(714) 838 -2288. 

18- B&K Measurement Seminar - 
21 Quiet Product Design. B &K In- 

struments, Inc., 5111 W. 164thSt., 
Cleveland, Ohio 44142. Tele- 
phone: (216) 267 -4800. 
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fact: 
there's a Shure 

microphone 
that's right for your 

application 
equipment... 

SM81 
First of the new 
breed of high - 

performance, studio -quality unidirec- 
tional condensers -technically state - 
cf -the -art, exceptionally 
rugged and superb 
sound. 

fact: j 
the microphone 
is your link 
with your 
audience 

Eddie Rabbitt 

SM59 
You've seen it on 

TV musical shows where sound 
quality is a must. Unidirectional, 
dynamic with exceptionally flat 
response, extremely low handling 
noise; mellow, smooth, and accurate 
sound. 

Marilyn McCoo and 
Billy Davis, Jr. 

microphone -the 
noted for its 
distinctive, crisp 
sound. 

dioid 
colora 
feedb 

SM58 
The most widely 
used 'on- stage' 
hand -held dy- 
namic cardioid 
world standard 

s 
UNIDYNE' III 

The world- famous 
UNIDYNE® III family 
offers top value per 
dollar. Uniform car - 

pattern helps control off -axis 
tion, background noise, and 

ack. 

looks 
resista 
mic wi 

SM61 

nnamic. Outstanding 
Omnidirectional dy- 

low handling noise. 
Handsome, smooth 

with new VERAFLEX® dent - 
nt grille -a favorite on- camera 
th soundmen and entertainers. 

L 

Take it from the Professionals... 
A top -quality microphone makes a 

measurable difference in upgrading the sound 
of any system -and Shure microphones are 

universally recognized as the world's standard 
of quality. Wherever sound quality, reliability, 

uniformity, and intelligibility are prerequisites, 
you'll find that professionals choose, and use, 

Shure. You'll find more Shure microphones 
than any other single brand in applications as 

diverse as live entertainment, radio and TV, 

hotel and auditorium sound reinforcement, 
churches and temples, Congress, legislatures 

and the White House, and public safety - 
anywhere that sound excellence is a prime 

consideration. They are the reliable, 
professional connect on between you and the people you're trying to reach. 

Send for complete literature. Please let us know your microphone application. 

The Sound of the Professionals 

®-j I-ILJF 
Shure Brothers Inc., 222 Hartrey Ave., Evanston, IL 60204, In Canada: A. C. Simmonds & Sons Limited 

Outside the U.S. or Canada, write to Shure Brothers Inc., Attn: Dept. J6 for information on your local Shure distributor. 
Manufacturers of high fidelity components, microphones, sound systems and related circuitry. 

Circle 40 on Reader Service lard 
ca 



Stanton -The 
Professional 
in the 
Reco 
Industry 

Application - Stanton plays 
back for broadcast 

Stanton provides a professional 
quality phono cartridge for 
evaluation and playback in the 
broadcast industry. The Stanton 681 
Series are light tracking force 
cartridges that have been designed 
to overcome operational problems 
caused by rough handling that 
results in stylus damage without 
sacrificing quality performance or 
sound. 

The 681 Series has enjoyed 
overwhelming professional 
acceptance and demand and 
covers a wide range of applications 
...from critical auditioning in the 
record library to on- the -air 
broadcasting. 

Stanton is the premier choice of 
the Broadcast industry worldwide. 
From disc cutting to disco to home 
entertainment your choice should be 
the choice of the Professionals... 
Stanton cartridges. 
For further information contact: 
Stanton Magnetics, Terminal Drive, 
Plainview, N.Y. 11803 

sTaNron 
THE CHOICE OF THE PROFESSIONALS 

,.t ro m,..l . C... ..... .., ..l 

calendar (cont.) 

APRIL 

Syn- Aud -Con Sound Engineering 
Seminar 

15 Day of Basics 
16- Three -day Seminar. Dana Point 
18 Marina Inn. Dana Point, CA. 

For more information on the "Day 
of Basics" and the three -day semi- 
nar contact: Svn -Aud -Con. P.O. 
Box 1134. Tustin. CA 92680. 
(714) 838 -2288. 
NOISEXPO '80. The National 

5 I Noise and Vibraton Control 
Conference and Exhibition. Hyatt 
Regency O'Hare, Chicago. IL. 
Registration information is avail- 
able from: Noisexpo, 27101 East 
Oviatt Road, Bay Village, OH 
44140, (216) 835 -0101. 

15- Communications '80. Communi- 
18 cations Equipment and Systems 

Exhibition. National Exhibition 
Centre. Brighton, England. For 
more information contact: British 
Information Services, 845 Third 
Avenue. New York. NY 10022. 
(212) 752 -8400. 

21- B&K Measurement Seminar -In- 
25 dustrial Noise Control I . B &K In- 

struments. Inc., 5 1 I I W. 164th St., 
Cleveland. Ohio 44142. Tele- 
phone: (216) 267 -4800. 

28- Audio -Visual '80 Exhibition & 
5. I Conference. Wembley Confer- 

ence Centre, London, England. 
For more information contact: 
British Information Services, 845 
Third avenue, New York. NY 
10022. (212) 752-8400. 

MAY 

6 -7 ß &K Measurement Seminar - 
Audiometer Calibration. B &K In- 
struments. Inc., 5111 W. 164th St., 
Cleveland, Ohio 44142. Tele- 
phone: (216) 267-4800. 

27- B &K \leasurement Seminar - 
30 Quiet Product Design. B &K In- 

struments. Inc., 51 I I W. 164th St., 
Cleveland, Ohio 44142. Tele- 
phone: (216) 267 -4800. 

JUNE 
19- APRS '80 International Exhibi- 
20 fion of Professional Recording 

Equipment. Connaught Rooms. 
London. England. For more in- 
formation contact: British Infor- 
mation Services, 845 Third Av- 
enue, New York, NY 10022. (212) 
752 -8400. 

23- B&K Measurement Seminar -In- 
27 dustrial Noise Control I. B &K In- 

struments. Inc., 5111 W. 164th St., 
Cleveland, Ohio 44142. Tele- 
phone: (216) 267 -4800. 

Letters 

To THE EDITOR: 
Please note that in the September 1979 

issue of db, on page 53 of the "Con- 
vention Report: APRS 1979." our valu- 
able trademark HARMONIZER was 
used in small case type, and this can be 

damaging to our trademark rights. 
At your convenience. therefore, we 

would appreciate it if you would publish 
a correction statement. 

ORVILLE N. GREENE 
President. 
Eventide Clockworks, Inc. 

(lb Replies: 
The trademark "Harmonizer" should 

have been capitalized since tve are aware 
that "Harmonizer "is an important trade - 
mark" for certain products of Eventide 
Clock works. ¡lu . and is so recognized 
hr the industry. 

TO THE EDITOR: 
A belated note of thanks for the 

marvelous piece about WNCN in the 
September issue of db. We have re- 
ceived so much positive feedback 
from the article, particularly at the 
New York Hi -Fi Show. 

As you probably know, technical 
work of the sort done by WNCN is 

never finished, and I think we will be 
able to tell you about additional 
progress in the near future. 

ROBERT E. RICHER 
General Manager 
WNCN -FM. NY 

dh Replies: 
Your comments are greatly appre- 

ciated: and your letter has been Pr- 
warded io :tir. Len Feldman. the author 
of the article. 

To THE EDITOR: 
I just read your piece on "Education 

& Audio" and I began to wonder how I 

had ever learned what I did learn so long 
ago. I think it is a matter of wanting to 
learn, in the first place. and then working 
at it until you finally know whatever you 
want to know. That is. of course. if what 
you want to know is available knowledge 
-I have been trying to find out how the 

human brain is organized. for many 
years, and still know next to nothing. 

I managed to learn a good deal about 
wave phenomena when I was a mere child 
because that was what all the kids were 
interested in at that time. We all. I think, 
wanted to hear the peculiar sounds you 
could hear if you built a crystal receiver. 



The Revox B77 
records much more than music. 

If you think of the Revox B77 as an extraordinarily 
well -made tape machine, with a great reputation among 
musicians and recordists, you're right. 
But you're only partly right. 
Because the 877 is now available with so many options 
and in so many configurations that it can be almost any 
kind of tape machine you want it to be. 
Whether you need a deck for broadcasting, mastering, 
duplicating, security, education, medicine, lab research, 
sound effects, municipal services, A/V presentations, 
transportation, or cinema, we have a 1377 just right for 
you. With the same quality that made Revox a legend in 
the music business. Look at all the possibilities: 
FULL RANGE OF SPEEDS; any two from 15 IPS 
for mastering to 15/16 IPS for logging or surveillance. 
QUARTER OR HALF TRACK operation is available. 
OPTIONAL DOLBY B removes high frequency noise. 
RACK -MOUNTED OR PORTABLE. All 877's have 
folding handles and available rack -mounting flanges. 
VOICE- ACTIVATEI) CONTROL saves tape in broad- 
cast logging, surveillance, courtrooms, forensic pathology, 
municipal services, etc. 
TIMER CONTROL permits recording or playback at 
pre- selected times. 
ANI) MUCH MORE: Remote control Special narrow 
bandwidth third track Self -Sync Stereo slide sync 

Variable pitch High and low -z and mie line inputs 
With all that flexibility, plus the legendary Studer qual- 

ity, and tape -protecting features like a motion -sensing 
logic -controlled switching system, the B77 is perfect for 
anyone who needs to record anything. 
Visit your Studer Revox professional distributor and tell 
him what you need. 

E-u-MIo)C.° REVOX 
Studer Revox America, Inc. 
1519 Broadway Nashville, TN. ::7D)3 (615) 329 -9576 
Offices: Los Angeles (213) 780 -12: ti New \irk (212) 255 -4462 
In Canada: Studer Revox ('ana(la. Ltd. 

Circle 23 on Reader Service Card 



 

SPECIFY EXCELLENCE! 
from the company who pioneered equalization 

ACTIVE AND PASSIVE EQUALIZERS 
18 different Models to choose from 

REAL TIME ANALYZERS 
Octave Band, one -third and one -sixth octave 

BI -AMP AND TRI -AMP CROSSOVERS 
Low -level at any frequency and slope 

NARROW BANDWIDTH NOTCH FILTERS 
Control of room feedback and ring modes 

CUSTOM FILTERS FOR AUDIO APPLICATIONS 
High -pass low -pass band-pass notch 

SEND FOR OUR COMPLETE PRODUCT CATALOG 

\ORtdc 
INSTRUMENTS, INCORPORATED 
P.O. BOX 698 
AUSTIN, TX 78767 
(512) 892 -0752 
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A professional a - 

makes even the 
tough jobs seem easy 
That's the way it is with Waters professional audio attenuators. They feature 
glass -hard MystR® conductive plastic elements and slip rings as well as precious 
metal contacts. What's more, Waters computer -controlled curve -shaping 
technique assures superior tracking. 

Result: smooth, quiet, long -life performance under the most grueling 
service conditions. 

You'll find Waters complete line of professional audio controls meets 
every need - linear or rotary motion - mono, stereo, or quad. Two standard 
impedance values are now available, 600 or 10,000 ohms. 

If you're into mixing, you ought to get the complete 
story on Waters audio controls. Write 
today, or call us at 617-358-2777. 

It's the professional way. 

WATERS 
MANUFACTURING, INC. 
Longfellow Center. Wayland. MA 01778 617 -358 -2777 

( -irrla 1 i nn Randrr .Cerriee Card 

made one when I was II years old, in 
1916. At the same time I was interested 
in photography, so I became a double 
menace to my family in that 1 pre -empted 
the only bathroom to develop my films 
and probably annoyed everyone with my 
discovery of the Morse Code. What one 
could hear, in those days. was mainly 
the "chirping" sounds of code trans- 
mission, mainly long wave. I was once 
surprised to hear a woman singing. about 
that time. and thought for years that I 

had heard Marconi playinga record from 
his yacht. the Electra. It was only a 
couple of years ago, in Zurich, that I met 
a member of the Sapphire Club (whose 
name I forgot! Forgive me, whoever you 
are!) who told me that what I heard was 
actual live sound, broadcast from a naval 
vessel through a carbon microphone 
inserted in the ground leg of the antenna! 
I hope for confirmation of this marvel. 

After a while I became an expert wire - 
man-I think, the first male employee 
of Automatic Radio. which at that time 
(1923 -24 ?) was making 5 -tube tuned 
rf radio receivers. We learned what was 
what by experimenting with tubes and 
all kinds of circuits. I became an "expert" 
in tubes when there were only a few tubes. 
WDII & 12. UV 199 and 201A and 200. 
plus a couple of Western Electric high 
power bottles. We learned about loud- 
speakers by making them. I think. in the 
very early days. we made practically 
everything but the tube sockets -wound 
our own coils and made our own variable 
condensers. 

These days an earnest youngster can 
find what he wants in almost any first - 
class college. The study of wave phenom- 
ena. the physics of light and sound, 
particle physics. magnetic energy. solid 
state physics, A -C mathematics and so 
on. And there is nothing to prohibit him 
or her from experimenting. it is easier 
now to experiment than it was when I was 
a kid. There's more stuff to experiment 
with! 

As for us old timers, well. we can write 
letters to Editors telling them how it 
was -and does anybody out there still 
have a DeForest 3 circuit tuner? 

JOE TALL 
Washington. D.C. 

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 48106 



Sound Choice 
Here's the class act in ADC's Pro -Line. 

Eight new, low impedance sound connectors that perform as great as they look. 

We've added eight new male and female 
plugs to our ever growing family of high 
quality and high reliability Pro -Line Con- 
nectors. All feature a rugged, zinc die cast metal 
housing finished in either brushed nickel 
or conductive black plating. A tough, die cast 
latch and mechanical keyway locks the plug 
receptacle in a perfect fit. The separate 
ground terminal is electrically integral 
with the connector shell to minimize 
"glitches" from outside interference. 

ADC also offers crack -resistant, 

high- impact thermoplastic inserts plus 
a choice of either performance -im- 

proving silver- or gold -plated contacts. 
Small wonder these top -of- the -line pro- 

fessional connectors meet or exceed 
industry standárds. Best of all, they're 

compatible with other audio connectors 
used in the industry. For information, 

call or write your nearest ADC 
sales office listed below. Or call 

us at (612) 835 -6800. 

s % ADC Products 

M(nneapous. MN 55435 16121 835 -6800 
n.,.' TELEX 790321 CABLE ADCPRODUCT 

Sales offices in Atlanta. GA (404) 766 -9595 Chicago. IL (312) 655 -2441. 2440 Dallas. TX (214) 241 -6787 Denver. CO (303) 761 -4061 Fairfield. CT (203) 255-0644 Los Angeles. CA (213) 594 -6160 Melbourne, FL (305) 724 -8874 Minneapolis. MN (612) 835 -6800 
Mountain View, CA (415) 964 -5400 Washington. DC (202) 452 -1043 Montreal, Quebec (514) 677 -2869 
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MARTIN DICKSTEIN 

found With Images 

AV or Not AV, That Is The Question 

Although audio visuals have become a 
big and important medium recently - 
growing bigger yet with multi- image, 
multi- screen presentations using com- 
puters to program action so fast it looks 
to the viewer like a movie -the questions 
being asked now are what audio visuals 
to use, w hen to use them, and even should 
they he u.ed at all. 

HOW TO MAKE A PRESENTATION 
At a recent seminar, there was a session 

on how to make a presentation. The 

"star' of the presentation, according to 
the expert giving the seminar, should be 
the speaker, and not the slides or the 
films, or the overhead transparency, or 
anything else... just the speaker. The 
leader of the meeting video taped the 
attendees during a four -minute talk on 
any subject of their choice, and then the 
group critiqued the playback. 

It became quite obvious that some 
speakers continually looked at their 
script material, and only looked up at the 
audience during the pause to take a 

mikes by mail? for less? 
why not!1M 

a ed mud mole/ 
The Mike ShopTM now sells audio equipment 

as well as mikes by mail! for less! 
Write or call us with your requirements or for our price sheet. 

The Mike ShopTM 
PO Box 366A, Elmont, NY 11003 (516) 437 -7925 

A Division of Omniscund Ltd . 
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breath. Others, who did look up, looked 
at only one side of the audience. Some 
speakers leaned on the lectern for dear 
life- perhaps to hide their nervousness 
and keep their hands from shaking, 
hoping their voice would not give them 
away. 

Those who used visuals, such as slides. 
turned toward the screen to read the 
slide, and consequently their voices were 
lost as they got off -microphone. Those 
that used film also had the room dark- 
ened. as did those that used slides. and 
this allowed them to hide from the eyes 
of the audience. As a result. their posture 
became careless and their reading of the 
script was "blah " -as though the film 
would carry them through. 

Some who used slides, used a pointer, 
and moved away from the lectern - 
thereby losing voice intelligibility, in 
addition to having their back to the 
audience. The ones who used overhead 
transparencies shuffled them neatly 
enough to keep them in order, but set 
them on the projector at all angles, left 
the projector light on during long por- 
tions where no transparency was used. 
spoke down to the projector instead of to 
the group. and turned toward the screen 
behind them to read some of the material 
on the projected image. 

PRESENTATION TIPS 
I lie expert then told the group how to 

rid themselves of tension and nervous- 
ness. how to "eve" the audience...the 
entire audience from one side to the 
other, from front to back, how to project 
the voice, how to use the script as an aid 
rather than a crutch, how to stand with- 
out hanging on to the lectern, how to use 

the hands. etc. He pointed out that the 
one thing that seemed to come between 
the speaker and the audience the most 
was the visual being used: and with that, 
recommended that visuals be left out of 
the presentations altogether. With words 
to the effect that it was much better to 
say whatever had to be said in full light, 
without the hindrance of the visuals, the 
expert told the group that they were the 
important visual, and that they should be 



"Once my clients 
hear the Bose" 802, 

they don't 
want me to 
take it back 
to my shop." 

Jay Bridgewater 
Bridgewater Custom Sound 

Harvey, IL 

The Bose 802 speaker is so versatile that it 
can be used in applications from churches 
to performing arts centers to discos. 
"The speaker is very compact and aestheti- 
cally pleasing. Architects find it especially 
appealing. Performers love it because of 
the sound. We love it because it's simple to 
install and it saves us money and time in 
installation. 
"Our clients like it because it works and it's 
reliable. You can just turn it on and forget 
about it. The size and simplicity make it 
about the only system that's practical to 
demonstrate on site before we make a sale. 
We can just bring them in and set them up 
on stands. Once my clients hear the Bose 
802, they don't want me to take it back to 
my shop. 
"Using Bose has opened up new avenues 
of business for us. Bose has helped build 
our reputation to what it is today." 

Thank you, Jay. 

It's also nice to know the 802 has a smooth 
frequency response that holds down feed- 
back and reduces the need for extensive 
system equalization. 
But we think reading what Jay Bridgewater 
has to say is more likely to make a Bose 
believer out of you. Consider the Bose 
Model 802 when you need speakers for a 
church, theater, night club or disco. It will 
give you the kind of performance and ap- 
pearance that will make you a Bose 
believer. 

Better sound through research. 

For the 802 Engineering Bulletin and a 
complete catalog of Bose Professional 
Products, send in the coupon below. 

Bose Corporation, Dept. SE 
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Framingham, MA 01701 

Please send me the 802 Engineering 
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sional Products Catalog, along with a list 
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Street 
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State Zip. 

Patent rights issued and pending 
e Copyright 1979 Bose Corporation 

CD 



NOW! 

COMPLETE REPRODUCE 
HEAD CALIBRATION 

The new Magnetic Tape Reproduce Calibrator (Flux Loop 
Test System) accurately establishes and isolates the 
magnetic characteristics of the reproduce head. It allows 
one to use a Reproduce Alignment Tape to isolate and 
establish losses produced by gap characteristics and 
spacing effects. Gap losses and reproduce equalization are 
tabulated in the recently introduced Standard Tape Manual. 

In addition to the new Reproduce Calibrator and the 
Standard Tape Manual, STL offers the most complete 
selection of magnetic test tapes available - Frequency 
Alignment - Pink Noise - Sweep - Speed & Flutter. All are 
available in reel -to -reel, cassette and cartridge. 

Write or phone for fast delivery. Write for free catalog and 
detailed information on the new calibrator. 

TElSTANDARD TAPE LABORATORY, Inc. 
26120 Eden Landeng Road =5 Hayward. CA 94545 
(415) 786 3546 
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The Model 201 is the limiter that 
doesn't limit- doesn't limit smooth- 
ness, doesn't limit versatility, doesn't 
limit your control over your signal. 

It does limit program peaks to a 
preset ceiling value while main- 
taining the average program level 
within desired limits. Indepen- 
dently. It does limit distortion. It 
does give you repeatable settings 
with controls calibrated in db. 

That's why the Model 201 Audio 
Limiter is favored by recording 
studios and broadcast production 
facilities, both in this country 
and overseas. Another thing they 
like is the price: only $480. 

To find out more about the 
(UnlLimiter, call or write us today. 

Inovonics Inc. 
503 -B Vandell Way Telephone 
Campbell, CA 95008 (408) 374 -8300 ff 
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seen as well as heard. In essence, the 
visuals take the spotlight away from the 
presenter and the darkened room gives 
the audience a chance to take their eves 
off the speaker. The talk becomes less 
important. and the psychology of hiding 
behind the visuals gives the speaker a 
chance to become lax in his or her pres- 
entation -thus losing the sharp edge 
hoped for in the speech. 

Many people may agree with this 
philosophy. The members of the audi- 
ence, all of whom were either first or 
second in command of their respective 
offices of large companies throughout 
the world, disagreed. They claimed that 
it was impossible for them to make client 
presentations. or even internal presenta- 
tions, without the use of some visuals. 
Some of the information they had to 
offer could. perhaps. be transmitted 
verbally. but much of it had to be shown. 
to be explained. 

The leader of the session suggested 
that the material that had to be shown 
could possibly be included in printed 
form and given to each person in the 
audience. This suggestion was noisily 
rebuffed. The attendees agreed unani- 
mously that it was a good idea to give 
some material in printed form so the 
clients could take it away with them for 
future reference: but at the meeting 
itself, the introduction of printed pages 
would give the audience something else 
to look at during the presentation, and 
this was undesirable. 

NO SUBSTITUTE 
FOR GOOD VISUALS 

.1-he expert agreed and suggested that 
there must be some other way to show 
the information without the use of 
projected visuals. but no substitute could 
be found. Discussion on this subject 
continued for some time, but not one 
alternative was acceptable to all. Some 
suggested the use of a large pad on an 
easel. This was turned down because 
the presenter would have to write the 
information and it was time consuming. 
some of them did not have good hand- 
writing, and generally they felt awkward 
away from the lectern. 

Another suggestion was the use of 
large boards with the material already 
printed on them. Some agreed. but others 
said that this medium was good with a 

small group. but could not be used in 
large group situations. 

Without any alternative to the use of 
slides and film, and with general agree- 
ment that overhead transparencies had 
applications also. the discussion turned 
to the use of visuals -but visuals used 
properly. Even the session leader. agreed 
that visuals had a place. Now the ques- 
tion became: How to use them? 

First. it was decided that the wrong 
times to start meetings with visuals was: 
early in the morning when the audience 
might still have some sleep in them, and 
the darkened room would be too sug- 



Studio quality microphones 
that don't need 

a studio to ive. 

The CS15P condenser cardioid 
microphone is equally at home in a re- 
cording environment or broadcast studio. 
When hand -held it puts sex appeal in 

a voice with its bass -boosting proximity 
effect. With shaped high- frequency 
response and its ability to handle high 
sound pressure levels (140 dB with 
1% THD at 1 kHz), the CS15P is ideal for 
close -up vocal or solo instrument miking 
applications. 

When boom mounted, the CS15P has 
better gain- before -feedback and a better 
signal -to -noise ratio than most shotguns. 
Its phantom powered and it's rugged. 

The CO15P condenser omni 
extends frequency response to the very 
limits of audibility, 20 to 20,000 Hz. Un- 
like other "omni's;' the CO15P maintains 
its omnidirectional polar pattern at the 
very highest frequencies. Perfect for the 
distant miking of an entire orchestra as 
well as up close on individual instruments. 
And like the CS15P, it's phantom powered 
and it's rugged. 

The Electro -Voice warranty 
Electro -Voice backs up these two mi- 
crophones with the only unconditional 
warranty in the business: for two years 
we will replace or repair your CS15P or 
CO15P microphone, when returned to 
Electro-Voice for service, at no charge - 
no matter what caused the damage! 

We can do this because we build these 
microphones to meet our standards for 
performance, ruggedness and durability. 
We accept nothing less, and if you're a 

professional, buying a professional quality 
microphone, you shouldn't either. 
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STANDARD TAPE MANUAL 

Cm) 
This valuable data 
book is for the AUDIO 
recordist, engineer or 

designer. Offered at 
$45.00 you may order 
direct from publisher. 

MAGNETIC REPRODUCER 

CALIBRATOR 

This is induction loop equipment of labora- 
tory quality for primary standardization of 
tape recorders and tapes. Send for de- 
tailed information, prices and formats. 

R. K. MORRISON ILLUSTRATIVE 

MATERIALS 

819 Coventry Road 
Kensington, CA 94707 

Circle 24 on Reader Service Card 

gestive: and immediately after lunch 
while the people might still be feeling 
the effects of the drinks and heavy food 
they had at lunch. (Nothing was said 
about after dinner, but this might also 
be a good time to keep the room well lit 
for a while, at the beginning of an evening 
meeting.) 

WHEN TO INTRODUCE VISUALS 
The session leader then suggested 

that no meeting should start with visuals 
where the room had to be darkened 
right after the presenter came to the 
lectern. First. the person speaking has to 
establish that he or she is an authority on 
the subject to be presented. and give the 
audience the feeling that all visuals are 
only visual aids -used to help present 
essential information to the whole audi- 
ence at the same time. At no time during 
the presentation should the speaker lose 
sight of that fact. The dominance of the 
speaker, over the visual aid, has to be 
maintained at all times. There isacorrect 
way to point to a spot on a slide, either 
with a pointer (use the inside arm to keep 
the face of the speaker toward the audi- 
ence). or with a flashlight -type pointer 
(where the image of an arrow could be 
aimed at the spot on the screen being 
discussed). 

There is also a proper way to handle 
transparencies so that the speaker does 

Bowman's new analog APM -100 
It gives you what other 
panel meters don't 
There is no other panel meter like our new 
APM -100. The LED bargraph display can be lit 

from zero to full 3" scale with 2.5 msec response 
and 1% resolution. High input impedance - well 
in excess of needle APM's. High reliability. 
Completely solid state; immune to vibration, 
sticking, and over -travel. No high voltages, no 
blurred numbers. Overrange and underrange 
indicators. Full scale and zero adjust. Center 
zero, differential input, autopolarity and 
brightness control options. New. Unique. Smart, 
trim design. Great way to design your panels for 
up- to-the- minute styling. Space saving, too. 
Send for complete information on our new 
APM -100. It gives you what the others don't! 

Rugged, easy -to- mount. 
14 standard ranges; 8 scales 
Custom scales available 
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not turn away from the audience, nor 
place the transparency on the projector 
incorrectly, thereby losing the position 
of importance in the presentation. It was 
also suggested that where no visuals are 
to be used for any length of time, such as 

several pages of a written speech, or 
during lengthy talk periods, the lights 
in the room should be brought up so the 
audience could again focus attention on 
the presenter. 

PREPARATION OF SLIDES 
I he very important point of properly 

produced visuals also came under discus- 
sion. Slides should be made with as few 
words as possible -and large enough for 
everyone to see. When large columns of 
numbers had to be shown, the portion 
of importance should be shown in blown - 
up size for easy reading. The same holds 
true for transparencies -key points only 
in visual form, the rest should be left for 
the presenter to say. It was also men- 
tioned that there is greatest retentivity 
when the important points are seen as 
well as heard; and this led to having only 
key figures, percentages. words, etc. on 
the screen. for greatest impact. Color of 
slides and color of words also came up, 
with general agreement that a dark back- 
ground with bright type such as white 
or yellow should be used; but not a black 
background. as this seemed to produce 
eye fatigue over any length of time. 

Several other factors of a similar 
nature were also discussed, but it was 
generally agreed that the presenter is 

the important factor of any presentation, 
and that visual aids are precisely that - 
aids. Made properly, and used properly. 
visual aids have a definite place and 
reason for being used. It is up to the 
presenter to maintain the proper balance. 
and not become the aid to the visual. 

Lest you think we forgot. we do wish 
you a very happy. successful, healthy. 
and peaceful New Year. 
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Keep db coming 
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new address promptly. 
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THE INTERCOM SYSTEM 
A closed circuit headset intercom system for small, large, portable or fixed installations. 
AUDIOCOM, for concerts, stage productions, film or TV studios, sports stadium and race 
track, industrial, military or public safety applications. 
AUDIOCOM, for short or long distance (over five miles), requires only simple wiring and 
readily interfaces with other sound systems including telephone circuits. Options include 
tone or light signaling, paging, program feed and rechargeable battery packs in case of 
power failure. 

AUDIOCOM SWITCHBOARD, portable or rack mount, 
segregates six external intercom lines into three separate 
non -interfacing circuits; or stage, lighting and sound 
crews can communicate independently, jointly, or may 
be mixed. Contains 24 Vdc power supply with optional, 
rechargeable battery pack. Smaller power supplies also 
available. 

AUDIOCOM PAGING SPEAKERS, portable 
or wall mount, feature volume level switch. 
Also serves as a paging station. 
AUDIOCOM ACCESSORIES. Noise cancel- 
ling boom mike headsets or hand mike, even 
for high noise environments. Interface unit 
adapts to 2, 3 or 4 wire systems with balanced 
or unbalanced circuitry. 
Cables, extension cords and "T" connectors 
for convenient, virtually limitless system layout. 
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1ELl7[ AUOIOCOM 

AUDIOCOM INTERCOM STATIONS, belt pack or wall 
mount, can be "daisy- chained" by the dozens without 
degradation in signal quality or strength. Listening con- 
trol and mike switch included. Unused inputs mute 
automatically to prevent system noise. 

Quality products for the audio professional 

TELEX. 
TELEX COMMUNICATIONS. INC 

9600 ALDRICH AVE. SO., MINNEAPOLIS, MN 55420 U.S.A. 
EUROPE: 22. rue de la Legion- d'Honneur. 93200 St. Denis. France. 
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REEL TO REEL TAPE 
Ampex, 3M. All grades. 
On reels or hubs. 

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

LEADER & SPLICING TAPE 
EMPTY REELS & BOXES 

All widths, sizes. 

Competitive! 
Shipped from Stock! 

Ask for our recording supplies catalog. 

Poly 
eery. 312/297 -0955 

1233 Rand Rd. Des Plaines, IL 60016 
15 
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for brochures, price lists, 
faders and service contact: 

Penny & Giles Conductive 
Plastics - 
1640 Fifth Street Santa Monica 
California 90401 
Telephone: 213 393 0014 
Telex 65 2337 
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iikrt theory Irt Practice 

System Phasing 

A letter just came my way, actually 
arising from something published in 
another magazine. But the reader also 
reads db, and this column in particular. 
so he asked me to cover the subject -and 
it is one that needs it. The original dis- 
cussion relates to the use of 3 -pin micro- 
phone connectors, with balanced or 
unbalanced lines. But the reader's main 
concern is with phasing. 

He enclosed quite a volume of manu- 
facturer's literature, showing how each 
manufacturer recommends connections 
be made. In all of them, pin I is ground 
(or "earth" if the manufacturer is British) 
and is connected to the cable sheath, or 
shield. The question where differences 
creep in. concern whether, when you go 
to unbalanced line, the jumper should 
bridge pins I and 2. or pins I and 3. 

"HOT" OR "COLD "? 
Many of the instructions state that 

either pin 2 or pin 3 (they do not agree on 
this) is "high" or "hot," and that the 
other one should be grounded for un- 
balanced connection. And the question 
arises what is meant by "high." or "hot ". 
If you have a balanced line. that is a good 
question. because in theory. each side is 

equally "hot." Ground should be at a 

mid point between them. although actu- 
ally they should be floating. 

In some systems. to force a better 
balance, a transformer or center -tapped 
resistance is used to connect ground to a 

mid point, so that the phasing of the 
leads wired to pins 2 and 3 is equal and 
opposite. This means that, in the con- 
ventional sense, both sides are equally 
hot. 

If such a center point balance is 

achieved with a center- tapped winding 
on a transformer, then grounding either 
side will "short out the audio world" 
as an original writer on the subject 
expressed it. But what he said was that 
that would happen, if you grounded the 
wrong side. which thus became a matter 

for discussion: which was the wrong side 
to ground? 

And if an artificial center point is 

grounded by means of a center- tapped 
resistance. or two equal resistors, then 
grounding one side will unbalance the 
line and. at the same time. change the 
loading provided by the resistors. If the 
microphone has two 330 -ohm resistors 
for this purpose. its balanced loading 
will be 660 ohms. and its unbalanced 
loading 330 ohms. whichever side you 
ground. 

This is a situation more often encoun- 
tered in constant -voltage line distribu- 
tion. to feed loudspeakers: the output 
transformer has a center tap that goes 
to ground. Grounding either side will 
short out the amplifier output. through 
that half of the transformer secondary. 
But in microphone circuits. center - 
tapping is far less common: in most 
balanced circuits, the connection floats. 
so that either side could be grounded. 
without changing the loading, or so it 
would seem. 

However, it has been known for a 

system to exhibit a "hot " and "cold " side 
in such a situation, in that grounding the 
wrong one produces instability. while the 
other one works fine. Now, the way I 

would regard "hot" and "cold." I would 
say that the one that works fine was the 
"hot" side. Why should there be such a 

difference'? 

CAPACITANCE FEEDBACK 
If both sides are truly the same. then 

it should make no difference which side 
you ground: there will be double the 
voltage on the other side. One reason 
that constant voltage lines use a center 
point ground, is so that both conductors 
have equal and opposite voltages, to 
minimize possible capacitance feedback 
to low- level circuits, such as microphones. 

Similar capacitance feedback can also 
be aggravated by grounding one side of 



JBL. WHEN EXCELLENCE COUNTS. 
Whenever and wherever excellence in 
sound is essential, JBLs are essential. 

No other speaker is good enough for 
top recording professionals, performing 
musicians on tour and anyone who listens 
for a living. 

Because no other speaker is created 
with JBL's combination of advanced 
design, high -technology computer and 
laser research, extensive listening tests 
and quality of craftsmanship. 

And no other speaker has the benefit 
of JBL's history of over three decades of 
experience in professional sound. 

The JBL heritage of excellence and 
reliability can be found in a wide variety 

of applications. 
At outdoor concerts ranging from 

rock to Beethoven, thousands of listeners 
can hear the artists dearly ... thanks 
to JBLs. 

In recording studios, you'll find more 
JBLs than any other monitor. In fact, most 
major albums are mixed or mastered on 
JBLs, according to a recent Recording 
Institute of America survey. 

Under the lights at discos around the 
world, more dancers are moving to 
JBLs... by far the leading disco speakers 
(Billboard's International Disco source- 
book). 

Night dub performers rely on JBL's 

new Cabaret Series loudspeakers -the 
first JBLs made especially for dub 
musicians. 

Theater owners who want their 
audiences to experience today's great 
new multiple sound tracks are installing 
JBLs. 

And serious musician/songwriters 
who rely on home recording are following 
the lead of the big recording studios: 
They're turning to JBLs, too. 

Wherever excellence belongs, you'll 
find JBL. 

James B. Lansing Sound, Inc., 
8500 Balboa Boulevard, Northridge, 
CA 91329. 
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a microphone connection, instead of its 
center point, or letting it float. And it is 

possible that one side will do that more 
readily. while grounding the other side 
is quite stable. This is usually due to the 
fact the circuit is not symmetrical. 
electrically, particularly at the higher 
frequencies. where capacitance takes 
effect. 

In these circumstances, grounding the 
"hot" side will provide stability, while 
grounding the "cold" side will aggravate 
the "hotness" of the other side. But that 
is not what determines which side to 
connect to pin I. as a matter of "standard 
connections." This is far more generally 
connected with microphone phasing, in 
which there is. unfortunately, not an 
industry standard-or perhaps it would 
be more accurate to say that the standard 
is not universally used. 

My inquirer is concerned with system 
phasing: whether. in the whole system. 
forward pressure at the microphone 
ultimately results in forward movement 
of the loudspeaker diaphragm. He 
suggests that this is desirable, particu- 
larly in handling asymmetrical wave- 
forms, such as voice, and he has a point 
there. Is that important. or isn't it? Is 
it only relative phasing of the system that 
matters? 

We have so many compromises to 
make in audio. that we should look at this 
from a number of angles. First. what is 

the nature of the sound wave that propa- 
gates from such an "asymmetrical 
source:" is it a synthesis of frequencies. 
or is it a composite waveform? If it is a 

composite waveform, then it does not 
change. as it passes through space. If it 
is a synthesis of frequencies then. since 
every frequency has a different wave- 
length. the phase relationship must 
change as it progresses. 

Which is true? Neither, completely. 
To answer this, you need to think about 
how sound propagates, by means of a 

combination of pressure and velocity 
fluctuations that are mutually self - 
supporting, once the source has given 
them form. Sound velocity is not de- 
pendent on frequency, so a waveform 
emitted should not change its shape. as 

it progresses across space. In most 
instances. this probably more closely 
approximates reality. 

But because different frequencies. 
present in the waveform, are affected 
differently by objects in the path of the 
wave, changes do occur. In fact, it is this 
change by which our hearing faculty is 

most easily able to separate direct sound 
from reverberant sound. This can easily 
be demonstrated by taking a mono 
signal. feeding it to two loudspeakers, 
fairly close together. and changing the 
relative phase of their connections. 

In phase, the sound appears to come 
from a point midway between them. 

particularly when you stand so they are 
equidistant from your listening position. 
But connect them out of phase, and the 
source becomes confused. sounding 
more like reverberation. What this says 
is that relative phase is important in 
wiring the loudspeaker end of a system. 
This is just as true- maybe more so- for 
stereo or quadraphonic, as it is for mono. 

The same thing has been shown to be 
true for microphones: they too should 
be connected in phase. And for vocals. 
or even for orchestral use. it is also 
important that each microphone be used 
to pick up the sounds for which it is 

responsible. at an adequately higher level 
than neighboring microphones. to avoid 
another deficiency that poor phasing can 
produce: erratic frequency response. 
This is why it is better to use 2 micro- 
phones than 4, for a close quartet, for 
example, placing 2 members of the 
quartet close to each microphone, while 
allowing adequate distance to ensure that 
the "wrong" microphone does not pick 
up the "others" at appreciable level, to 
produce this effect. 

But that treats the pickup area. 
covered by microphones. as separate and 
distinct from the area served by the 
loudspeakers. For recording, or radio. 
or television, this is true. Then the only 
remaining question, is the one whether 
reversing phase. so that an instantaneous 
pressure at the microphone diaphragm 
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such a reasonable price. The compact design and 
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Two -minute tape loading 
Glass bonded ferrite heads 
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The Audio- échnica 
philosophy: 

EQ should be used to 
improve the sound... 
not to fix the mike! 

Introducing affordable smooth sound. 
The remarkable AT801 and AT811 Electret 
Condensers. With curves so smooth you 
would have to pay a bundle to match them 
anywhere else. 

Response like this has a number of 
benefits. First, your EQ is used only to touch 
up the sound, not to correct built -in errors 
of the microphone. Which leaves more 
leeway to control the overall sound. 

And without unwanted peaks you have 
more usable headroom. That's vital when 
you're working near the dynamic limit of a 
preamp or line amp. Sound stays clean and 
sharp. Compressors or limiters sound less 
forced, because they are controlling peaks 
in the sound, not peaks in the mike! 

But perhaps the biggest advantage is 
the versatility of these A -T condensers. 
Because they have just the right amount of 
presence for today's recordings, they're not 
limited to just one kind of instrument...just 
one type of voice. Put them anywhere in the 
mix: brass, reeds, percussion, chorus, or 
strings. Then listen. What you hear in the 
studio you'll hear at the console. Which is a 
great place to start in miking any session. 

At their highly affordable prices, these 
are two of the best bargains you'll find 
these days. Reliable, clean- sounding, and 
the most predictable microphones you can 
use. Make them a mainstay in your studio 
today. Write for spec sheets and dealer list. 

Model ÁT801 Omnidirectional Model AT811 Unidirectional 
Electret Condenser Electret Condenser 

Great sound, right from the start! 

audio technica 
INNOVATION PRECISION INTEGRITY 

AUDIO -TECHNICA U.S . INC . Dept. 10BD 
33 Shiawassee Avenue. Fairlawn. Ohio 44313 



produces a reversal at the loudspeaker 
diaphragm, diminishes the faithfulness 
of reproduction. as compared with re- 
producing a pressure at the same instant. 
referred to program time. 

This would be extremely difficult to 
standardize. It is one thing to standardize 
microphone connections, so that micro- 
phones are always correctly phased at 
the "pick -up" end. It is another thing to 
standardize loudspeaker connections. 
whether in mono, stereo or quad. so that 
in a particular system, all the loud- 
speakers work together correctly. Put- 
ting in a phase reversal, so that pressure 
at any microphone results in the reverse 
at any loudspeaker (not interfering with 
the integrity of the system at either end. 
only with the overall result), is something 
that can easily happen. 

Must pressure at the microphone 
result in upward modulation of an AM 
radio signal. or phase advance of an 
FM signal? And must the same relation- 
ship follow- through at the receiving end? 
Changes of either one could result in 
failure of correct phasing in this sense. 
Perhaps some day this will be stan- 
dardized. The sanie goes for recording. 
whether mechanical (disc) or magnetic. 

But there is one more factor when we 
get into sound reinforcement, or public 
address applications. What happens if 
you have the simplest auditorium re- 
inforcement system: a single microphone 

with a correctly phased installation of 
loudspeakers: and change the micro- 
phone phasing? 

ACOUSTIC FEEDBACK 
AND SYSTEM PHASE 

This takes considerable analysis. Now 
the acoustic feedback problem can come 
into the picture. As soon as acoustic 
feedback starts up. a standing wave 
pattern builds. In a standing wave 
pattern there are nodal lines where 
pressure fluctuates, but the air does not 
move, because air moves in and out from 
both sides of the node. And there are 
antinodcs. where maximum particle 
movement occurs, between nodal points 
or lines. 

A purely pressure microphone (which 
usually has omnidirectional pattern) 
will usually be part of a pattern in which 
it lies on a node maximum pressure. 
minimum particle movement. A direc- 
tional microphone will be modified by 
the fact that movement is part of its 
function. But the point relative to this 
discussion is that if the system is in phase. 
as defined earlier, the distance from 
various loudspeakers to the microphone 
will be measured as an even number of 
half wavelengths, at the frequency of 
feedback. 

If. the system is out of phase. the 
distance that causes the build -up will 
be measured as an odd number of half 

wavelengths of the frequency that builds 
up. 

This could suggest that reversing the 
phase of the microphone would cause 
considerable shift in the frequency at 
which feedback builds up. and also on 
the gain setting at which it occurs. 
However, this is not necessarily true. 
In the frequency range where such feed- 
back occurs, there are usually a closely 
spaced sequence of frequencies. with 
their associated standing wave patterns. 
so there may be a standing wave pattern 
of quite different shape or configuration 
so that frequency may not shift very 
much, because the active path along 
which the number of wavelengths is 

measured, will be different. 
In fact, moving the microphone a few 

inches or, in the case of a directional 
type. changing its orientation a little. 
can cause the pattern and its frequency 
to change. just about as much (or little) 
as reversing phase can. 

As with so many other questions this 
column has discussed, there are no 
simple, universal answers. What may be 
important factors in one situation may 
assume secondary significance - -or 
perhaps no significance at all -in other 
situations. And. in any situation, the 
compromise selected as best for that 
situation. will no! be one that can be 

generalized as the best solution for any 
problem. 

THE ADR ï] ii*-LIMITER 
DESCRIBED 

Another original from audio & design recording. 

Combining a top -quality multi -ratio compressor a fast peak limiter a full- function expander /gate. 
Including dual mono /stereo capability bypass switches on all functions meter for visual 

indication of all gain reduction. Featuring excellent specs to provide the clean. 
quiet. dependable Signal Processing that 

has been ADR's hallmark for 
more than 15 years. 

audio & 
design 
recording 

Contact Nigel Branwell. ADR. P.O. Box 786, Bremerton. WA 98310 (206) 275 -5009 TELEX 15 -2426 



For the Critìcal link: 
Power Amplìtíers You Can Count On 

EVEN IN CONTINUOUS USE, 
OVERLOADED, AND AT 131 °F 

r-No sound system can be any better than its critical 
link, the power amplifier. Whatever inputs, mixers, 
and speakers you use, if the power amp lets you 
down, the message won't go through, the show won't 
go on. We've designed Bogen's Tech -crafT Profes- 
sional Power Amplifiers to assure quality performance 
even under the most adverse conditions. 

UNEQUALED PROTECTION 
These amplifiers can be operated 24 hours a day at 
rated power, into gross overloads, at ambient tem- 
peratures up to 131 °F --and continue to perform su- 
perbly. They won't be damaged even if the speaker 
lines are shorted or the temperature goes still higher. 
In other words, you can't burn them out, even when 
overloaded. Computer -grade electrolytics are used 
exclusively. 

PURE POWER 
The TCB -60, TCB -125, and TCB -250, rated at 60, 
125, and 250 watts respectively, deliver their rated 
power at less than 1% total harmonic distortion, 25 to 
22,000 Hz. At 20% higher power, THD is still under 
2 %, 30 to 18,000 Hz. Frequency response is within ± 1 

dB, 20 to 20,000 Hz, at rated power. Output regula- 
tion, no load to full load, is better than 1 dB. We think, 
and believe you'll agree when you try them, that 
these are the best power amplifiers you can buy for 
sound reinforcement. 

ADDITIONAL ADVANTAGES L LED indicators show whether the amplifier is operating 

in normal, peak, or limiting mode. You can use these 
three amplifiers virtually anywhere in the world, on 
120 or 240 volts, 50/60 Hz. They require less rack 
panel height than others and their physical balance 
makes them easier to handle. In short, they reflect all 
the experience of our nearly 50 years in amplifier 
design and manufacture. 

14 Tech -crafT PRODUCTS 
Our Tech -crafT series includes, in addition, two dual - 
channel power amps, two mixers and two matching 
mixer -extenders, two graphic equalizers, a compress- 
or /line amplifier, and two mixer -power amplifiers. All 
14 products were designed by the same team, for 
highest performance and utmost reliability. 

This is a franchised line sold through qualified profes- 
sional sound installers. For more information, please 
write or phone us. 

Tech-crari 
PROFESSIONAL SOUND by 

BOGN® 
A DIVISION OF LEAR SIEGLER. INC 
P.O. Box 500. Paramus. NJ 07652 
(201)343 -5700 
GSA Contract #GS -00S -44859 

Circle 38 on Reader Service Card 
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New Products & Services 

CONDENSER MICROPHONES 

Two new condenser microphones, the 
MSXY -8 and the XY -82 feature ex- 
tremely smooth ON -OFF axis frequency 
response from 25 Hz to 20 kHz, with 
self -noise better than 16 dBA. The 
MSXY -8 microphone has two variable 
capsules (each offering omni, cardioid 
and figure -8 pickup patterns), remote 
pattern control and a.c. power supply. 
The XY -82 is a coincident microphone 
with two cardioid capsules requiring 
24-48 v d.c. phantom powering. Both 
microphones permit one capsule to be 
rotated through 180 degrees, and each 
have fet preamplifiers. While offering 
MS or X -Y stereo recording techniques, 
and variations thereof, these mies also 
provide the mixing engineer the pos- 
sibility to obtain a 35 to 40 dB front -to- 
back ratio for maximum instrumental 
isolation when used as a monophonic 
microphone. By connecting the two mie 
outputs of the XY -82 to two mixer input 
positions, with one of the mie outputs 
inverted 180 degrees in phase. and one 
of the mie capsules rotated 180 degrees 
from the other, remote pattern control at 
the mixing console is achieved. With this 
set -up, pickup patterns of omni, cardioid 
and figure -8 are obtained by adjusting 
the mixer input pad and faders. 
Mfr: PAIL (Pearl) 

Cara International Ltd. (Distributor) 
Price: AI S.V' Y -8. $2,495.00 (with remote 

a.e. percer supply) 
XY -82. 51.495.00 (without power 

supply) 
Circle 5/ on Reader Service Card 

ELECTRONIC FILTER 

An active stereo filter, the model 4100 
is designed to eliminate low frequency 
(subsonic), as well as high frequency 
(ultrasonic) interference. The low fre- 
quency filter section effectively removes 
subsonic effects below 20 Hz at 18 dB/ oc- 
tave: while the high frequency filter sec- 
tion eliminates ultrasonic effects above 
20 kHz at 12 dB octave. The distortion 
rating for the model 4100 is 0.002 per 
cent IM (typical), and less than 0.025 per 
cent from 20 Hz to 20 kHz. 
Mir: Ace Audio Co. 
Price: kits. S66.50: Wired Units, $97.00 

Ñ Circle 52 on Reader Service Card 

AUDIO MICRO -COMPUTER 

A programmable audio test instru- 
ment, the Badcap I Audio Micro -Com- 
puter provides measurements of third - 
octave response, room reverb time, wow 
and flutter. Critical Distance, and more. 
The unit employs a full -color display 
for easier interpretation and compari- 
son of data, and multiple memories for 
the storage/ recall of data. Applications 
of the Badcap I include: room EQ. 
spectrum analysis, disc, tape monitoring, 
sound system design, room acoustical 
treatment, multi -channel monitoring, 
etc. All necessary test signals are pro- 
vided by the unit. 
M¡r: Barclay Analytical Limited 
Price: $5,495.00 
Circle 53 on Reader Service Card 

MATCHING TRANSFORMERS 

Transformers wired into rugged 
cables, or in compact plug -in form, 
match either 200 or 500 ohm impedances 
to 2,000, 5,000. 45,000, 50,000 or 80,000 
ohms. Isolation transformers are also 
available with a 200 ohm input and 
output impedance for use in preventing 
ground loops and other interface problems. 
Mir: Beyer 

Burns Audiutronics, Inc. (Distributor) 
Circle 54 on Reader Service Card 



The new Stran ound 
Intercom System 

Strand Sound has it -a rugged, high quality, 
low noise, closed circuit intercom system designed 
expressly for the theatre and entertainment 
industries. The new Strand Sound Intercom can 
withstand tough treatment on the road -foolproof 
inter -connection of components assures quick and 
easy setup. 

waster Poiler Unit serves as the main c 
station and drives the entire syste 

mote stations per ring. (inset] 
he new Strand Sound I 

components of the 
coo 

-uQrto 50 
r 

mpatible with 
system in most 

B ck- lightweight, rugged construction 
specially designed to protect control switches from 
damage when dropped or severely knocked. 
Headset connector is at base of pack to keep 
controls clear and minimize excessive wear. 

Mini Power Unit -the high quality Strand Sound 
Intercom alternative where 5 or fewer stations 
are needed. 

The new Strand Sound Intercom -a complete 
system for touring or permanent installation. 
Lend us your ears -you'll like what you hear. 

STRAND SOUND 
A Division of Strand Century Company Limited 

A Company Within the Rank Organisation 
6520 Northam Drive, Mississauga, Ontario 

Canada L4V 1H9 Tel. (416) 677 -7130 

C'irc'le 25 un Reader Service Care! 
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MIXING CONSOLE 

The model 5B is an eight -in. four -out 
mixing console. Each input module pro- 
vides three -position attenuation, rotary 
trim from 0 to 20 dB of continuously 
variable gain reduction for mic, tape or 
line signals: three -position input selector 
for mic or line. tape in or EQ: a foldback 
pre -EQ or fader cue; post -fader echo, and 
built -in peak and dip equalization. In 
addition, each input module contains a 

solo function, direct output, channel as- 
signment, pan, overload led light, and 
straight line fader. Specwise, the console 
has a frequency response of 30 Hz to 20 
kHz. ±2 dB: overall signal -to -noise ratio 
(one input. mic or line) greater than 75 
dB (weighted). 70 dB (unweighted); and 
crosstalk greater than 60 dB (at I kHz). 
31/r: TEA C Corporation of America 
Price: $1.900.O0 
Circle 55 on Reader Service Card 

MICROPHONE 

Designed to provide broadcast jour- 
nalists and interviewers with a highly 
dependable tool for field reporting, the 
D -130 is an omnidirectional microphone, 
featuring heavy -duty shock -proof con- 
struction. Cushioned within a compliant 
impact -absorbing suspension, the trans- 
ducer element of the D -130 is virtually 
immune to handling noise, mechanical 
shocks and spurious vibrations. In 
addition, a hum -bucking coil is incor- 
porated into the microphone to cancel 
the effects of stray magnetic fields. The 
D -130 has a frequency range of 50 Hz to 
13 kHz. with a nominal impedance of 
200 ohms and -54.5 dBm sensitivity. 
Mfr: A KG Acoustics 
Price: S80.00 
Circle 56 on Reader Service Card 

NOISE GENERATOR 

A new addition to the IM PAC series 
of modular plug -in card amplifiers, the 
model 4017 noise generator is capable of 
providing pink or white noise for use in 
amplifier bandwidth testing, equalizer 
testing, speaker analysis, and room anal- 
ysis. The model 4017 offers outputs 
from -3 dBm to +20 dBm into a 75 ohm 
load, with selection of either pink or 
white noise made by means of wire jump- 
ers on the mating PC board connector. 
The module is powered by conventional 
±15 v d.c. supplies. 
Mir: Modular Audio Products 
Circle 57 on Reader Service Card 

SCPC TERMINAL 

11 :i 
I 

A Single Channel Per Carrier (SCPC) 
terminal, the model 412 can be used to re- 
ceive or transmit high -quality audio pro- 
gram material, voice, or data at any car- 
rier frequency in the range of 52 M Hz to 
88 MHz. Providing the satellite terminal 
operator with 16 manual or remote se- 
lectable channels spaced at least 300 kHz 
apart, the 412 modulates or demodulates 
audio, voice, or data directly to, or from 
the 52 to 88 MHz spectrum. The 412 
modulator incorpora;es a frequency 
stabilization network to maintain car- 
rier frequency within ±0.003 per cent per 
year, 
Mir: COASTCOM 
Circle 58 on Reader Service Card 

EQUALIZER 

Two independent graphic equalizers 
with one common power supply, the 
model 535 provides 12 dB of boost or 
cut at each of IO preferred ISO one - 
octave increments from 31.5 Hz to 
16 kHz. Filters combine smoothly with 
minimum phase shift. Gain adjustment 
via front panel controls is from -10 dB to 
+20 dB, and the signal -to -noise ratio is 

better than 110 dB at maximum output. 
Mir: UREI 
Price: $424.00 
Circle 59 on Reader Service Card 



"Once you get your hands 
on this machine .. 
you'll see what we mean:' 

PERFORMANCE: 
Overall Signal -to- Noise: 66 dB unweighted at 520 nWb /m (30 Hz to 18 kHz audio filter). 

Playback Signal -to -Noise (electronics): 72 dB unweighted (with audio filter). 

Headroom: +24 dB. Maximum Output: +28 dBm. 

Overall Frequency Response (15 ips): 30 Hz to 22 kHz +2 dB. 

Playback Frequency Response (MRL test tape): 31.5 Hz to 20 kHz ±2 dB. 

RELIABILITY: An unmatched four -year track record of on the job performance for the original compact 
professional recorder. Day in, night out. Just ask someone you trust. 

ALIGNABILITY: Any tape recorder must be aligned to achieve maximum performance. With the MX- 5050 -B, all 
primary alignments are on the front panel. So is a 1 -kHz test oscillator. Secondary alignments are inside the bottom panel. 
You or your maintenance people can align it fast and easy. This saves you time, money, and enhances your reputation. 

INTERFACEABILITY: With a flick of the output switch you can plug -in to any system: 
+4 dBm 600 ohm or -10 dB high impedance. No line amps or pads to mess with. A perfect match everytime. 

ADDITIONAL BENEFITS: Three speeds, dc servo ±7 %, 1/4 track reproduce, full edit capability, 
over -dubbing, noise free inserts, XLR connectors, NAB /CCIR switching, unique three -position alignment level switch. 

PRICE: Suggested retail price S2.050 (USA). 

MX- 5050 -B: 
The best value 
in a professional 
tape recorder. 

Call Ruth Pruett Ables on 415/592 -8311 for the name 
of your nearest Otani professional dealer. 
Otani Corporation, 1559 Industrial Road, 
San Carlos, CA 94070 TWX 910- 376 -4890 
In Canada: BSR (Canada, Ltd.), 
P.O. Box 7003 Station B, Rexdale, Ontario M9V 4B3 
416/675 -2425 

(irrlc /4 ii /?ea I r .Srrrìrr Card 



James L. King, President, King Instrument Corporation, Westboro, Mass. (40 Employees) 

One reason Jim King sells 75% of his cassette tape 
loaders overseas is because it's profitable. Another 
is because we showed him how. 

Can we do the same for you? 
E U.S. Department of Commerce 

Secretary of Commerce. U.S. Department of Commerce 
Industry and Trade Administration, BED -18 
Washington, D.C. 20230 

Tell me more about how Jim King did it. 
Send me export information. 

Name 

Title 

Company 

Address 

City State Zip 7 CIA Public Service d 
This Magazine & 

The Advertising Council 
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the automatic mixer 

automatically the better choice 
The Voice -matic Mixer will introduce you to a new way of 

mixing for multiple microphone sound systems. The unique 
principle of Dynamic Threshold Sensing differentiates 
between active and inactive channels. Also, simultaneous 
inputs from several microphones will be amplified without 
loss of feedback margin, assuring maximum house gain. 

By drastically reducing background noise, improved sound 
clarity and overall system quality will be achieved. Its nodular 
design makes it ideal for boardrooms that may require only 
two microphones or Council Chambers, Churches, 
Conference Rooms and Convention Centres that require 
many more. 

"r 1, 43 un Reader Service Card 

Sophisticated circuitry suppresses feedback "howl ". 
Dynamic Threshold Sensing (DTS) eliminates gating 
common to VOX systems. 
Adjustable attenuation for active or inactive channels. 
Low noise. Wide dynamic range. 
Transformer balanced inputs. 
Modular design -2 to 12 microphone inputs -allows 
economical selection of inputs. 
Multiple chassis may be tandem connected if additional 
inputs are needed. 
Second fully mixed output for tape recording, off - 
premises transmission, etc. 
Front panel input Channel status LED's. 
Flexibility is provided by many options giving a 
custom -made system for each installation. 

INDUSTRIAL 
RESEARCH 

PRODUCTS, INC. 
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MIXING CONSOLE 

A sixteen channel mixing console, the 
1642 features submaster mixing, 4 bands 
of EQ. multiple monitor and echo sends, 
phantom power. four separate echo line 
channel returns, priority solo circuiting, 
headphone monitoring. meter switching 
and access to all busses. Specwise. the 
1642 maintains a frequency response of 

±1 dB, 15 Hz to 33 kHz: thd, below 
0.02 per cent: IM distortion, below 0.05 
per cent: slew rate, greater than 10 v ms.: 
and a signal -to -noise ratio better than 
-80 dB ( -50 dB input I volt output). 

Biamp Systems. Inc. 
Circle 60 on Reader Service Card 

THERE IS ONE WAY 
TO EDIT TAPE 

LIKE A PROFESSIONAL 

That one way is to use the EDITALL block. Profes- 

sionals know this well. Throughout the broadcast 

industry. in recording studios, everywhere abso- 

lute editing precision is the least acceptable 

standard, you'll find the EDITALL block. 

EDITALL blocks are available for virtually all for- 

mats of audio and video tape. Our illustrated 

brochure presents the entire line in detail. Write 

to us tor it. 

EDIT EDITALL CORPORATION 1. ii_ P.O. Box 17435 
w41.1. Washington, D.C. 20041 

Circle 33 on Reader Service Curd 

MICROPHONE MOUNT 

x 111111111N 

Providing more than 20 dB mechanical 
isolation. TENSIMOUNT is a universal 
microphone mounting and isolation 
system which accepts any microphone 
up to 13/4 inches in diameter. Allowing 
instantaneous switching of microphones 
without altering stand set -ups, the 
TENSIMOUNT converts the micro- 
phone to fit a standard 3/4-inch mic 
clamp. The mount utilizes easily re- 
placable, inexpensive elastic elements 
which can be color -coded for easy micro- 
phone identification in the studio and 
on location. 
Mfr.: Brewer Instruments 
Price: $9.95 
Circle 61 on Reader Service Card 

DIGITAL RECORDER & 

ELECTRONIC EDITOR 

A PCM digital audio recorder, the 
X -80 series is completely computer -con- 
trolled. with full tape -cut and electronic 
editing facilities available. The X -80 of- 
fers a dynamic range of over 90 dB. less 

than 0.02 per cent distortion at peak 
levels, frequency response of 20 to 20.000 
Hz (±0.3 dB). and complete freedom 
from wow and flutter. Tape editing is 

possible either by tape -cut or with the 
XE -I electronic editor, providing auto- 
matic editing by SM PTE code. The com- 
puter- controlled editing unit has fade -in 
and fade -out functions and a digital level 
fader provides adjustable recording 
levels. 
M%r: Mitsubishi Electric Corporation 
Circle 63 on Reader Service Card 

MICROPHONE 

Designed to be virtually invisible when 
placed on altars, lecterns, tables and in 
other settings. the SM I8 cardioid dy- 
namic microphone is available encased 
in either a white or brown foam "enve- 
lope" with cable colored to match. The 
microphones are angled at IO degrees 
inside their foam "envelopes" to place 
the cartridge approximately an eighth of 
an inch from the surface on which they 
are set. As a result, surface reflected 
sound waves and direct sound waves 
reach the microphone at nearly the same 
time for highly intelligible voice repro- 
duction. 
MJr: Shure Brothers Inc. 
Price: $63.00 
Circle 62 on Reader Service Card 

X -80 Digital Recorder 

XE-1 Electronic Editor 



TAPE RECORDER 

The ATR -I24 24 -track analog audio 
recorder employs a closed -loop d.c. servo 
transport providing constant tape ten- 
sion at each reel in all operating modes 
without pinch rollers. Transformerless 
I/O capability eliminates annoying dis- 
tortions while offering excellent fre- 
quency response. Other features include: 
a variable speed shuttle control, adjust- 
able from slow to 300 in sec.: I6 -inch reel 
capability; programmable monitoring 
with memory and a battery- powered 
backup memory that retains set -up in- 
structions in the event of a power failure; 
four assignable record, playback and 
Sel Sync equalizers per channel: and sin- 
gle point search -to -cue with tape loop- 
ing. The I/O bus capability of the ATR - 
124 provides evaluation of each channel 
without continual moving of the 1 O 
cables. Optional features available on 
the ATR -124 are: a multi -point search - 
to -cue, designed to replace the standard 
single point search -to -cue, providing a 

capacity of 99 memories: and a complete 
remote control panel, offering all the 
functions available on the main panel. 
MJr: Ampex Corporation 
Circle 64 on Reader Service Card 

MODULATION CONTROLLER 

=MUM 
Compatible with any stereo gen- 

erator/exciter combination, signal en- 
hancement device or format, the Sta- 
Max is a wideband modulation controller 
that produces maximum loudness for 
f.m. stereo signals with complete elimina- 
tion of overshoot or distortion. The unit 
is completely solid- state, and uses BtiC 
jacks for all connections to and from 
the unit. 
Mfr: Automated Broadcast Controls 
Circle 65 on Reader Service Card 

LOGGER 

An open -reel, slow -speed logging re- 
corder reproducer, the model 230L of- 
fers a three motor tape transport with 
2 -speed (15. 16 and 1 %N in /sec.) operation. 
The logger is available in one -, two -, or , 

four -channel configurations with pro- 
fessional solid state record/ reproduce 
preamplifiers. Well suited for broadcast 
logging, the model 230L records over 
121/22 hours of information on 3600 feet 
of tape at 15 16 in/ sec. Push button con- 
trol with relay-type logic permits full re- 
mote control capability. 
Mir: Tele.v Comn unications. Inc. 
Circle 66 on Reader Service card 
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VISIT YOUR DEALER FOR A LIVE DEMONSTRATION - 
SEE HOW FAST AND ACCURATE EQWING CAN SE! 

IN a x r_ w w ISM 

THE MOST ACCURATE ANALYZER /EQUALIZER -0.1 dB READOUT! 
The Patent- Pending DIFFERENTIAL COMPARATOR circuitry of the 
"SCAN- ALYZER'' /EOUALIZER IS THE KEY TO HIGH PRECISION 
ACCURATE ED analysis. The basic simplicity of the DIFFERENTIAL 
COMPARATOR circuitry makes it possible for even a novice to accu- 
rately LO his room and his system. yet that same circuitry is so highly 
accurate it can actually be used for 0.1 dB laboratory measurements in 
ED analysis. This combination 01 equalizer and analyzer creates a 

functional component that should be an integral part of every high 
quality home stereo system. The 'SCAN- ALYZER" /EQUALIZER with 
its accompanying COMPUTONE CHARTS. can be used in a home stereo 
system tor many important luncfions -tor example...To establish a room 

EO curveusing ilsown EOorenternalEO... Toestablish acurvelor 3 -head 
taping so that each tape recording is precompensaled for any variance 
in the recording tapes. or in the lape recorder's frequency response 
characteristic .. To establish a curve for given sels o1 room conditions. 
i.e.: a crowded room. a room with drapes closed and doors closed. 
an empty room. a room with drapes open and doors open. lurniture 
changes. elc_ . To establish the performance characteristics of a new 
component to be added to the system... To verily the continued accu- 
racy of performance of the entire system or o1 individual components 
in the system. such as a 3 -head tape deck. amplifier. preamplifier. 
speakers. etc ...and many more applications loo numerous to hsl! 

5 EQUALIZERS 2 PRE -AMP EQUALIZERS 3 CLASS "H" AMPLIFIERS 
from S249 to S550 from S549 to S699 from S649 to S949 

P1.111.9 . l 

RPM, A 5599 

MI 5320 

f _ -. 

iiiii ' _ _ 

1330,53.3 5550 

-5-99 
Risóó-5619 .u.sr.o... 

FREE WHYS and HOWS 
OF EQUALIZATION 

,ces TEST REPORTS. compere soeoncabons Cass 
n ampidirr ENGINEERING REPORT. ER COMPARISON 

CHART. and the "WHY'S A ROW'S of equalization -an 
easy-to-understand explanation of ne relationship of 

acoustics to your environment Also contains many unique IDEAS on -How the Soundcransmen 
Equalizer can measurably enhance our listening pleasures. HOW typical room problems can be 
eliminated by Equalization:' and a 10 -POINT "DD -IT- YOURSELF" ER evaluation checklist so 
you can FIND OUT FOR YOURSELF WHAT Ell CAN DO FOR YOU! 

SEND S6 00 FOR EQUALIZER-EVALUATION KIT. 1 -12" LP TEST RECORD. 1 SET OF CHARTS. 1 CONNECTOR, 1 INSTRUCTION FOLDER 

SOUNDCRAFTSMEN INC.. 2200 South Ritchey Santa Ana, CA 92705 U.S.A. 

Circle 37 on Reader Service Card 
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Introducing a preseni 

Once you go 
through a record- 

ing session with the 
new ATR -124 24- 

channel recorder 
by Ampex, you'll 

want to go through 
another. Because with 

each new session you'll dis- 
cover something new you can 

do. Things that you can only do 
with a recorder that's full of features of the future. 

ATR -124 gives you the unheard of: 
Time on your hands. 
Which means you can use that time to give clients 
more of what they're paying for -your creative skills. 
With the A1R -124 microprocessor-based control 
system, you can pre -program what you want to do 
ahead of time so you won't waste studio time setting 
things up. When their time starts, you're ready to 
record by touching a single recall button. 

ATR -124 also lets you duplicate a technique 
you may have used earlier in the session without 

having to rethink what you did. Just touch the 
memory button and it'll all come back to you. 
ATR -124 lets you rehearse what you've got in mind, 
without recording it, to make sure 
what you've got in mind is right. 
Tape can be manipulated faster 
which means you'll get the 
sound you want sooner. And 
the chance to try something "a 
little different." All because of 
the speed and accuracy that 
ATR -124 puts at your fingertips. 

ATR -124 doesn't take away 
your creativity, it adds to it. 
The less time spent setting up, 
correcting, and redoing, the 
more time spent creating. And 
when you add features that 
help you create to the ones that 
help you save time, you've got one very potent 
piece of audio machinery. Take the control panel 
for instance. It's like nothing you've ever seen. 
Pushpads linked to a microprocessor give you a 
new level of creative flexibility. Program a setup, 
then change it. Then change it back, all with a 
single fingertip. 

A repeatable, variable speed oscillator for pitch 
correction and special effects is built in. In addition 
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from the futu re: AiR-124. 
to the standard output, there is an optional auxil- 
iary output with each channel that enhances 
flexibility. So don't think that ATR -124 is going to 

Memory, and Record Mode diagnostics. The 
point is this: If you like the ATR -100, you're going 
to love working with the ATR -124. 
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A7R -124's Control Panel. Speed and accuracy at yourfinsertips. 
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ATR -124 options. 
As impressive as the ATR -124 itself. 
With the addition of a built -in Multi -Point Search -To- 
Cue (MPSTC), you can rehearse edits and control 
five tape -time actuated events and be compatible 
with SMPTE time code. Separately controlled aux- 
iliary output amplifiers with each channel provide 
simultaneous 
monitoring of nor- 
mal and sync play- 
back as well as all 
other monitoring 
modes. A roll - 
around remote 
control unit can 
also be added to 
the ATR -124 
which contains all 
control features 
normally found on 
the main unit. 

ATR -124. Your next 
step is to experience it firsthand. 
As you scan the points we've covered, remember 
that you're scanning just a small portion of ATR -124's 

story. We haven't even begun to discuss the 
accessibility of key components for easy servic- 

ing and minimal downtime, or the features 
we've built in to give you greatly improved tape 

handling. To find out more, write to us at the 
address shown below. We'll send you a brochure 

on ATR -124, our latest audio effort. Better yet, call us 
and we'll set up a demonstration. It's really the only 
way to listen to the future. 

ATR -124. Pure 24- Channel Gold From Ampex. 

replace anything that you do. On the contrary, it's 
going to improve the skills you have, if not help 
you develop some new ones. 

ATR -124 picks up where ATR -100 leaves off. 
It's only natural that the people who brought you 
the ATR -100 should be the ones to bring you some- 
thing better. ATR -124 offers you 24 channels 
instead of 4. You also get many new and exclusive 
features. The kind that have set Ampex apart from 
the crowd for the last 30 years. Features like bal- 
anced, transformerless inputs and outputs; a 
patented flux gate record head; 16" reel capability; 
input and output signal bus for setup alignment; 
membrane switch setup panel; fingertip -operated 
shuttle speed control; and microprocessor -based 
synthesized Varispeed -50% to +200% in .1% steps 
or in 1/4 tone steps. ATR -124 also features micro- 
processor -based control of Channel Grouping, 

multiple 24- channel Setup 
Memory, Program- 

mable Monitoring, 
Stay Alive 

dTR-19d' nA.,w-U,d., Co,...0. T r.,,, nAOCrrI 
Provides 100 cue locations. 

ATR. 124's 
rugged, precision. 
machined casting provides 
unsurpassed mechanical 
stability. 

AMPEX 
Listen t0 the fUtU re 

Ampex Corporation, Audio -Video Systems Division, 
401 Broadway, Redwood City, Califomia 94063 415/367 -2011 
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Editorial 

ANALOG AUDIO-someday, historians may look 
back on it as the primitive science that got 
the audio industry through most of the 
twentieth century. 

For the moment however, it's still very much a part 
of our present. and it's likely to remain with us for some 
time to come. Although it's risky to make predictions 
about the directions of future technology, we'll risk 
a bet that the microphone, at least, will remain an 
always -analog device. The prospect of little A/D con- 
verters hiding in every mic housing seems unlikely, if 
not downright impractical. (Not impossible -just 
impractical.) Of course. we can hedge our bet by guar- 
anteeing that digital microphones will surely arrive 
before digital loudspeakers. 

To get our analog issue underway, we offer two new 
looks at microphones in the recording studio. The 
Pressure Zone Process is about as radical a departure 
from the "we've always done it this way" style as we've 
seen in quite a while, and Ed Long gives us a first -hand 
glimpse at what it's all about. 

And, from Bruel & Kjaer, Philip White suggests trying 
out some instrumentation microphones on your next 
recording session. Sharp -eyed readers will spot a slight 
difference of opinion between our authors, as to what 
effect a microphone has upon its environment. (In fact, 
we usually spend most of our time worrying about what 
effect the environment has on the microphone.) A free 
subscription to the first few readers who discover what 
we mean. 

Next, a db Special Report on the new ATR -124: a 

firm comittment from Ampex for at least one more 
generation of analog audio tape recorders. It's interesting 
to see that some of the functions usually associated 
with console design have found their way into the ATR- 
124's control system. And, if we remember our August 
issue, we recall seeing some tape recorder functions 
appearing on the latest generation of recording consoles. 

We'd be willing to bet that eventually, the tape recorder 
and the console will merge into a single recording 
"system," in which one control panel handles all the 
chores, from gain riding today's sessions, to playback 

o c 

of last month's. Once that happens, digital technology 
should really come into its own, especially with a new 
generation of digital signal processing devices thrown 
in for good measure. 

In the meantime, given an analog tape recorder whose 
flexibility is pretty much a function of creative software, 
it seems we can enjoy the best of both worlds: the time - 
proven simplicities of analog, and the high -technology 
power of digital. 

Old timers may remember when, once upon a time, 
you had to go to New York or Los Angeles for those 
really important recording sessions. Anywhere in- 
between was nowhere. But nowadays, any city big 
enough to have its own post office can have its own 
recording studio. And probably attract a fair share of 
clients who have had quite enough big -city hassle. 
Recently, Iry Diehl came from Alabama, with his note 
pad (no banjo) on his knee (actually, it was in his brief- 
case, but ... ). He tells us about what happened in Muscle 
Shoals, Alabama when four local musicians got tired of 
seeing the really big sessions get away. 

Although level- indicating read -outs for music will 
always remain analog (remember what the word really 
means ?), digital electronics are now being seen behind 
the face plate. So, to make the transition between analog 
and digital, this month we look at the analog side of 
metering as Sidney Silver compares the characteristics 
of VU and peak- reading meters, and, in our forthcoming 
digital issue, we'll examine the digital electronics that 
may be driving the meter movement. 

And finally, we have Barry Hufker's backward glance 
at some microphone designs that didn't quite make it 
much beyond the drawing board. Although it's doubtful 
that the sausage -skin diaphragm will ever stage a come- 
back, the ribbon microphone is certainly nowhere near 
passe yet, thanks to some innovative designs from Beyer 
and Shure. (Are we forgetting any others ?) 

While we wait for the eventual era of the all- digital 
recording studio to arrive, let's not under -estimate our 
old friend Analog. After all, our ears are still analog, and 
they don't seem to show much sign of changing. Still, 
with the slow pace of evolution, who knows...? 



EDWARD M. LONG 

The Pressure 
Recording Process 

A novel answer to an old recording dilemma. 

HA,, , ut EVER wondered why, if the microphones are 
placed at a distance from an orchestra. the resultant 
recording sounds dull? Yet. when you attend a live 
performance you find that. although you may be 

seated out in the audience at some distance from the orchestra. 
the balance of the overall sound can be quite good. Why should 
this be so? 

Have you ever adjusted a graphic equalizer to obtain a flat 
response from a loudspeaker in a room, using a spectrum 
analyzer and a calibrated microphone, only to find that the 
resultant sound was judged to be too bright? Have you ever 
thought about what might be causing the difference between 
what we hear and what the microphone picks up? 

The answer --while quite simple -is not at all obvious, and a 

brief exposition of the problem would seem to be worthwhile. 
When a microphone is placed in a sound field, its physical 
presence in the field causes a pressure increase, which is fre- 
quency- or wavelength -related to the size of the microphone. 
This pressure increase is maximum at a frequency whose wave- 
length is about twice the dimension of the microphone diam- 
eter. Most studio microphones have diaphragms of one -half 
inch or greater, so the pressure build -up will cause a rise in 
response inside the audible band. Since all good microphone 
designers know this, they compensate for the effect, so that 
the microphone will have a relatively -flat response character- 
istic for rero- decree incidence sound. 

RANDOM -ENERGY -RESPONSE 
However, this means that the random -energy- response of the 

microphone must necessarily be rolled off at the higher fre- 
quencies. If you place a microphone close to a source of sound 
and then start moving it away, the spectral balance of the direct, 
or zero- degree, incidence sound. is not greatly changed. even for 

Ed Long heads the independent audio consultation and 
design firm of E. M. Long Associates. Oakland. 
California. Mr. Long is the co- inventor. along with 
Ron Wickersham, of the Pressure Recording Process. 

distances as great as 50 or even 100 feet. However. the ratio of 
the direct -to- random incidence sound. due to the reverberant 
field. is decreased. This means that. as the microphone is moved 
away from the source. the spectral balance becomes more 
dependent upon the random -energy- response characteristic of 
the microphone. But remember, that while the microphone's 
direct -sound frequency response is now relatively flat, its 
response to random -incidence sound has been allowed to roll 
off by the microphone designer, to compensate for the rise in 
response caused by the microphone's presence in the sound 
field, as previously described. The resultant overall spectral 
balance is the combination of the response of the microphone to 
direct sound. due mainly to the zero- degree incidence response 
characteristic, and to reverberant sound due to its random - 
energy- response characteristic. Therefore, it is plain to see that 
as the microphone distance from the source is increased, the 
spectral balance of the sound will be perceived as increasingly 
dull, until a point is reached where the random -energy- response 
of the microphone predominates. 

FIGURE I compares a microphone's direct and random- 

Figure 1. Direct and random- incidence response of a 
microphone. (A) zero-degree incidence response, ( B) ran- 
dom-incidence response, (C) actual room curve due to 
absorption of high frequencies, (D) total sound as picked 
up by a distant microphone. 
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incidence response. The absorption of the higher frequencies in 
the reverberant sound also has an effect upon the final spectral 
balance. but it should be remembered that this effect is also 
present for a listener at the microphone position. and does not 
play a direct part in the perceived discrepancy between live 
audition and microphone pickup with which we are presently 
concerned. 

Now. what about the previously- mentioned discrepancy in 
the room equalization situation between equalizing a 

loudspeaker for flat response in a room. and perceiving the 
resultant spectral balance as being too bright? The answer is 

that, in equalizing the total sound to be flat, the rolled -off 
random -energy -response of the microphone has been 
compensated for as well. Of course. the microphone should not 
introduce an error in the spectral balance. but it does. This 
error causes the resultant equalization to be incorrect. with the 
higher frequencies being boosted too much. 

FIGURE 2 shows the amplitude -versus -frequency response of 
two microphones designed for flat response under two different 
conditions: zero- degree incidence and random -incidence 
sound. It can be seen that each microphone. while providing a 

flat amplitude -versus -frequency characteristic under one 
condition, gives quite a different result for the other condition. 

In the past, these effects upon the amplitude- versus- 
frequency response at high frequencies were not widely 
understood. With the great strides being made in recent times, 
in other areas of the recording and reproduction of sound. it 
seems appropriate to consider these effects. One of the main 
reasons for the development of the Pressure Recording Process 
was to obtain a method of transducing acoustic energy into 
electrical energy without discriminating between direct and 
random -energy sounds. How can a microphone be operated in 
such a manner that it will respond to the direct and random - 
incidence sound without discriminating with regard to their 
respective spectral balance? Looking at the response 
characteristic curves of the pressure -type microphone shown in 
FIGURE 2 suggest that it might be suitable if the zero- incidence 
sound could he eliminated. 

PRESSURE VERSUS FREQUENCY 
The essence of the Pressure Recording Process is the use of a 

true pressure -versus- frequency microphone. which has flat 
response for random- incidence sound (or at least a smooth roll - 
off at higher frequencies. which may be equalized). and the 
positioning of this microphone diaphragm close to. and parallel 
with, a surface- preferably a major first -order boundary. such 
as a floor. In the case of an interview. meeting or discussion. a 

microphone designed according to the Pressure Recording 
Process might be placed upon a table top. Of course. once the 
essentials of the Pressure Recording Process are understood. 
various microphones and microphone uses can quite easily be 

developed. 
Placing the microphone diaphragm. or other major entry 

port, parallel with. and close to. a boundary surface effectively 
causes the microphone to respond to pressure variations at the 
boundary. caused by both the direct and random -incidence 
sound. without discrimination with respect to their spectral 
balance. This results in the sound, as picked up by the 
microphone. having the same spectral balance as the natural 
sound perceived by a listener. The microphones designed 
according to the Pressure Recording Process may be placed at a 

distance from a source of sound without the results sounding 
dull. Recordings can be made which sound natural and true -to- 
life, because the spectral balance of the direct and reverberant 
sound is the same as it is naturally. The Pressure Recording 
Process also allows loudspeakers in rooms to be equalized 
correctly so that the resultant sound is perceived to be flat. 
Other uses come to mind immediately, as soon as one grasps the 
significance of this truly unique recording development. 

The Pressure Recording Process may appear. superficially. 
to be similar to methods described in the past, but a closer 
scrutiny will reveal that it is different from anything previously 
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Figure 2. Response of half -inch microphones designed 
for different conditions to direct and random- incidence 
sound. (After B &K) 
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proposed. There is a great temptation to consider the Pressure 
Recording Process as something quite simple, and therefore to 
overlook its tremendous potential for solving some of the 
heretofore seemingly insolvable problems encountered in day - 
to -day work with sound. 

NEW MIC TECHNIQUES 
During the past. many different techniques for using 

microphones have been developed. These generally- accepted 
techniques are based upon the use of microphones having 
different characteristics, such as omnidirectional, bi- 
directional. uni- directional, etc. These techniques could be 

considered conventions. Since the Pressure Recording Process 
is really something new. it follows logically that new techniques 
will be developed for its effective use. These new techniques will 
mean breaking past conventions for the placement of 
microphones. We are so used to seeing microphones up on 
stands or hung from ceilings, that it will be hard, at first, for 
practitioners of the art. to force themselves to throw off the 
restraints of these old conventions and take full advantage of 
the Pressure Recording Process. At least for a while, we will 
probably notice some strange and interesting microphone 
arrangements. as people experiment to achieve the best results. 
One set -up. which was eminently suitable for the situation at 
hand. was visible on National television recently. during the 
Papal Mass in Washington. D.C. A Wahrenbrock PZM 
microphone was mounted in the center of a two -foot square 
plastic baffle. suspended from an overhead boom. to pick up the 
choir. At the wavelengths involved, the two -foot square 
dimensions were adequate to capture the full spectrum of the 
choral sound. while allowing low frequency noises to be 

diminished. Wahrenbrock microphones were also used on the 
altar during the Papal Mass. The winds. which were 20 mph and 
more, had hardly any effect upon these microphones, while it 
was obvious that other microphones were effected greatly. The 
Wahrenbrock PZM microphones are built under the Pressure 
Recording Process license. 

MICROPHONE PLACEMENT 
The most difficult aspect of using the Pressure Recording 

Process effectively will be the overcoming of conventions for 
microphone placement. which have developed over the years. 
For instance. the Pressure Recording Process allows the 
microphone to be placed on the floor in front of a performing 
group or other source of sound with simply- amazing results. 
Placing a microphone in this position brings looks of disbelief 
from musicians and possibly even a comment such as. "That's 
crazy! Nobody listens on the floor." The usual placement of 
microphones up over a musical group. in order to increase the 
brightness of the sound, as picked up by conventional 
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Figure 3. Computer derived amplitude vs. frequency 
response for conventional and Pressure Recording 
Process microphone placements. Dashed line represents 
conventional microphone placement 18 feet up and 10 feet 
in front of a source located 3 feet above a stage floor: 
Solid line represents Pressure Recording Process type 
microphone placed on the stage floor 10 feet in front of the 
same source. The roughness in response of the sound 
picked up by the conventional microphone technique is 
caused by the addition and cancellation between the direct 
sound and the major first -order reflection from the stage floor. 

microphones, which are subject to the effects of discrimination 
between the direct and random -incidence spectral balance 
described earlier. is not even thought of as strange anymore. 
because it is conventional. A benefit of the Pressure Recording 
Process. which is possible because it requires that the 
diaphragm be placed parallel with. and close to. a boundary. is 

the elimination of the bad effect upon the frequency spectrum 
due to the interaction between the direct sound and the major 
first -order reflection. This effect has been well- documented in 
the past and may be the cause of confusion on the part of some 
persons. as to what the essence of the Pressure Recording 
Process really is. (See references I. 2. 3) FIGURE 3 shows a 

computer -derived response for a conventional sound pickup. of 
a single source of sound. with the microphone suspended 18 feet 
up and 10 feet back from the source. The source is 3 feet up from 
the major first -order boundary -in this case. a stage floor. The 
dashed curve is the amplitude -versus -frequency spectrum of the 
sound caused by the alternate additions and cancellations 
between the direct sound and the major first -order reflection 
from the stage floor. It seems unbelievable that the direct sound 
and first major reflection can result in such an uneven response. 
The only reason that it becomes tolerable in real life is that first. 
it is a natural phenomenon to which we are exposed daily. and 
second. the total sound will be the result of the direct sound and 
a number of reflections, all arriving at later times. which tend to 
"fill in the holes" so to speak. The effect upon the spectral 
response, caused by these delayed sounds. can be eliminated by 
using the Pressure Recording Process, thus increasing the 
smoothness and clarity. The solid line in FIGt'RE 3 shows the 
response for a microphone designed for the Pressure Recording 
Process placed 10 feet away from the source. as before. The 
source is still at a height of 3 feet above the stage floor. An 
article dealing with some of the problems encountered in stereo 
recording, are discussed in another article., 

Any truly -new process should be able to pass two tests. Does 
it provide an end result which is different than that previously 
attainable? Is it basically different from anything previously 
available? Before the Pressure Recording Process, the 
combination of (I) uniform spectral response to both direct and 
random- incidence sound and (2) the elimination of the deleteri- 
ous effects upon the amplitude -versus -frequency spectrum 
caused by the major first -order reflection, at the same time, 
across the entire audible spectrum, was not possible using any 
known technique. 

Figure 4. Wahrenbrock's Pressure Zone Microphone. 

FIGURE 4 shows the Wahrenbrock microphone. mentioned 
earlier. There are now two different models. with different 
configurations and powering options available. At present. 
these microphones are being used around the world. 

It is sincerely hoped that other microphone manufacturers 
will soon offer microphones designed specifically for use with 
the Presssure Recording Process. The talent and ingenuity of 
the world's great microphone designers and manufacturers. 
should result in some significant advances being made possible 
in both sound recording and acoustical measurements. 
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PZM" is a trademark applied to the Model 130 and 
150 microphones manufactured by Wahrenbrock Sound 
Associates, I2I15 -A Woodruff Blvd.. Downey. CA 
90242. The trademark PZM" is owned by Synergetic 
Audio Concepts, P.O. Box 1 134. Tustin. CA 92680. who 
are acting as agents for licensing the manufacture of 
microphones designed according to the PRESSURE 
RECORDING PROCESS". The PRESSURE RE- 
CORDING PROCESS" is the invention of the author 
and Ronald J. Wickersham. The trademark rights to 
PRESSURE RECORDING PROCESS" and the 
shorter designation. PR P" are owned by E. M. LONG 
ASSOCIATES. P.O. Box 2727. Oakland. CA 94602. 
The use of the trademarks. and the obtaining of the 
appropriate logotypes for reproduction. may be 
negotiated by writing to the last address given. A booklet 
containing more detailed information is also available for 
$10.00 from this last address. 

The success of the Pressure Zone Microphone 
among experienced recording engineers has led to the 
involvement of a major audio manufacturer. Crown In- 
ternational, in conjunction with E. M. Long Associates. 
Synergetic Audio Concepts. and Wahrenbrock Sound 
Associates Ltd., is completing a development program to 
fulfill an exclusive license to manufacture and market a 

complete line of Pressure Zone Microphones. The target 
date for delivery is April. 1980. 



PHILIP WHITE 

Distortion - Measuring 
Microphones For 
Music Recording 

The .first-rate performance characteristics of air 
condenser measuring microphones make them most 
desirable for high-quality studio work. 

NoW THAT CONSUMERS have much more accurate 
reproduction equipment, it means, of course, that 
recording equipment has to follow suit. And one of 
the most important components of the recording 

equipment chain is the microphone. If the microphone distorts 
the signal in any way, the fidelity of the signal is lost forever. But 
before we look at potential types of distortion originating from 
microphones, let's define some general categories of distortion. 

LINEAR DISTORTION 
In this category we find: 

I. Frequency Response. If it isn't flat, it means that steady - 
state tones will not be recorded,' reproduced correctly, with 
respect to their levels. Put this into perspective by considering 

Philip White. o/ Bruel & Kjaer. Denmark, speciali:es in 
acoustical and electro- acoustical applications and is 

currently tcorking out of the Cleveland-based subsidiar r. 
B & K !nstrconents. hic. 

slowly -moving music. such as an organ playing chords. If the 
different tones of the chord are not reproduced at their correct 
levels, the timbre will suffer. 
2. Phase response. This relates to the relative time difference of 
individual sines of a complex signal. If a steady -state sound is 

fed into a speaker with a flat frequency response and a poor 
(non -linear) phase response, no apparent deterioration of the 
sound will take place. If. however. transient sounds from 
percussion -type instruments, pilzicato strings. the onset of 
horns -or for that matter, any transient musical sounds -are 
reproduced by this speaker, a non -linear phase response will 
change the apparent timbre. In addition, poor phase response 
will produce -in stereo applications- confusion of the stereo 
image, time smear and distortion of distance perception. and 
will give a wrong impression of the acoustics. 

Look at it this way: A triangle is struck, and it produces a 

transient sound consisting of a fundamental and four 
harmonics. If there is a phase error in the recording or 
reproduction equipment, time smear will be produced and it 
will sound as if the transient tone is originating from five 
different points in space. We can make an analogy in 
photography: even if a camera records the intensity and colors 
(frequency response) correctly, the picture can still be blurred if 
distance hasn't been set properly. This is similar to music: If the 
phase response is poor, the music will be "out of focus." 
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Figure 1. Frequency and phase response of (A) diaphragm 
with little damping, (B) diaphragm with large amount of 
damping. 

NON -LINEAR DISTORTION 
While linear distortion does not add any tones to the sound. 

non -linear distortion adds harmonics or sidebands to the 
original signal. This type of distortion is caused by clipping. 
slew rate limitations, etc. There are three main categories of 
non -linear distortion: 
I. Modulation Distortion. Examples of this are: modulation 
noise in tape recorders; rumble. wow, flutter and tone arm 
resonance modulating the music signal in turntables; wow and 
flutter in tape recorders. 
2. Steady -State Distortion. This occurs when a steady sine fed 
into an audio component produces harmonics, or when two 
sines produce sidebands (difference frequency and inter - 
modulation distortion). 
3. Transient Distortion. This occurs when, for example, an 
amplifier is excited with a transient signal or by the onset of a 

steady -state signal, and slew rate limitations cause the amplifier 
to clip the signal (temporarily). 

Now let us look at condenser microphones, specifically, and 
examine some of their foibles: 

The microphone may (I) emphasize certain frequencies while 
de- emphasizing others (brilliance. coloration); (2) it may 
produce "pops" when high peak sound pressures occur; (3) it 
may produce distortion of "s" and "t" sounds and of high level 
sustained tones; (4) it may distort the signal waveform because 
of various phase errors. 

Let us examine these tour important items more closely: 

FREQUENCY AND PHASE RESPONSE 
On a pressure- gradient microphone (cardioid) the sound has 

access to the diaphragm both from the front and from the rear 

Figure 2. (A) Typical low -end roll -off and (B) correspond- 
ing phase response for a condenser studio microphone. 
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(presssure -gradient principle). The frequency response is thus 
inherently rising at lower frequencies. At some medium 
crossover frequency, the response starts dropping. due to phase 
cancellation. Above this frequency the sound pressure, on some 
cardioids, will only excite the front side of the diaphragm; the 
access to the rear of the diaphragm is restricted by means of an 
acoustical low -pass filter consisting of various holes. slits and 
cavities (analogous to Ls. Rs and Cs). In other words, at higher 
frequencies the microphone behaves like a pressure microphone 
(omni) and derives its directivity pattern because of diffraction 
and shadow effects due to geometry. At a high frequency - 
where the wavelength of sound is equal to the diameter of the 
microphone -the response will peak up to 12 dB because of 
reflections. This peak can be brought down by introducing an 
appropriate amount of damping of the diaphragm. 

The rising frequency response at lower frequencies is 

straightened out by locating diaphragm resonance at a medium - 
to -low frequency, typically at 1.000 to 2,000 H. and then 
flatten out this resonance peak by introducing a large amount of 
damping. Generally, a resonance peak will change the phase 180 
degrees (lag). FIGURE I shows the principle of damping of a 

resonance peak and the corresponding phase curve. Note that 
the change in phase starts far below and ends far above the 
resonance frequency. At resonance the phase shift is90 degrees. 

The frequency response roll -off at the low end, constituted 
both by acoustical and by preamplifier electronics roll -off, will 
typically result in 90- degree phase shifts below 50 to 100 Hz, and 
will go toward 180 degrees at lower frequencies (see FIGURE 2). 
Imagine what this will do to the waveform originating from 
basses, bass drums, kettle drums, etc. 

By now it should be clear that directional microphones 
(cardioids) of the pressure- gradient type are quite complicated 
devices exhibiting a relatively smooth frequency response. This 
smoothness, though, is obtained at the expense of the phase 
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(transient) response because of (more or less) damped 
resonance peaks within the audio frequency range. 

A simpler microphone is the pressure type (Omni). seen in 
FIGURE 3. Here, the sound pressure excites the diaphragm from 
the front only. At low to medium -high frequencies, the 
diaphragm motion is stiffness- controlled, giving an inherently - 
flat frequency response. The phase response will be linear 
(ideal) at low frequencies, but will start to "run away "somewhat 
before the resonance frequency. Since the frequency response 
would normally roll off above diaphragm resonance, it is 

extended by means of pressure build -up in front of the 
microphone which, as mentioned before, peaks at a frequency 
where the wave length equals the diameter of the microphone. 
With this type of design. the resonance phenomena are moved 
to the high end of the frequency range. which should represent 
some advantage over the more complicated pressure- gradient 
microphones (cardioid) where the resonance is located right in 
the middle of the frequency range. 

DYNAMIC RANGE AND DISTORTION 
Whereas dynamic microphones normally can not be 

overloaded in practical applications, condenser microphones 
can. The upper end of the dynamic range is specified to be where 
a certain amount of harmonic distortion is introduced; for 
studio microphones the 0.5 per cent limit is normally specified. 
whereas the 3 per cent or 10 per cent limit is commonly specified 
for measuring microphones. 

When used in the recording of voices, pronounciation of 
certain words and sound creates a temporary huge static 
pressure on the microphone diaphragm. due to air flow, rather 
than traveling sound waves. This occurs with certain 
consonants because they are formed by quickly releasing air 
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Figure 3. A Bruel & Kjaer 1 -inch. free -field microphone, 
Type 4145. 

with the tongue, lips or teeth. Such a word is "pop," hence the 
name "pop" effect. This temporary huge static pressure will 
cause the condenser microphone to produce a high output 
voltage (several volts). causing the preamplifier electronics to 
saturate. 

This is. in effect, a pronounced form of transient distortion. 
While the preamplifier is in. or close to. saturation. any sound- - 
even of a small amplitude -will be distorted. As the 
preamplifier comes out of overload, the sound returns to 
normal. It is worth noting that the preamplifier normally will 
stay in saturation longer than it takes for the static pressure to 
subside. 

To alleviate this, a high -pass filter in the preamplifier could 
be switched in. but then the phase response at low frequencies 
will be adversely affected. 

Steady -state distortion occurs when. for example. voices or 
instruments produce high -level, sustained tones. and the 
preamplifier will clip the top off the waveform causing 
harmonic. difference frequency, and intermodulation 
distortion. The remedy here is to move further away from the 
microphone. Some microphone preamplifier combinations 
have a gain reduction switch to extend the upper end of the 
dynamic range while sacrificing the lower end because of a 

correspondingly higher noise floor. 
Certain "s" and "t " sounds may, even though the sound level 

is not very high, produce an apparent high amount of 
distortion. The stronger subjective reaction to this might very 
well be because difference frequency distortion will in general 
be several times the level of harmonic distortion. Difference 
frequency distortion is also more objectionable than harmonic 
distortion. because some of the harmonics are inherent in the 
music anyway, while the difference frequencies are not. The 
higher level of difference frequency distortion- as compared to 
harmonic distortion, results from an inherent mathematical 
relationship, plus the fact that the electronics tend to roll off the 
harmonics. 

WHY MEASURING MICROPHONES 
AS STUDIO MICROPHONES? 

Let us first look at some of the desirable characteristics of 
measurement microphones and subsequently see how these 
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Figure 4. Typical 0 degree incidence frequency responses 
of the different free -field microphones. 
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characteristics match up very favorably to the requirements of 
studio microphones: 

I) High long -term stability 
2) Flat response over a wide frequency range 
3) Directional response 
4) High sensitivity. wide dynamic range and low distortion 
5) Extensively documented 
Precision -made. high quality Air Condenser Microphones 

meet the above requirements. 

LONG -TERM STABILITY 
It may not seem very important that the sensitivity of a studio 

microphone changes a couple of dB. or more. After all, can't 
you just change the gain in the console by the same amount? The 
fact is. however. that most microphone parameters, including 
sensitisitR. are closely interrelated. A change in diaphragm 
tension will affect the sensitivity and, at the same time, the 
diaphragm resonance. So. the change in sensitivity will affect 
both frequency and phase response. The microphone no longer 
works in an optimized fashion. 

The measured and extrapolated long -terni stability of Brucl 
& Kjaer air condenser microphones is I dB change in sensitivity 
in 300 to 900 years. depending on type. 

FREQUENCY AND PHASE RESPONSE 
As seen in Ftct ttt 4. the frequency response goes from 2-4 Hz 

up to 18.5 -120 kHz, depending on the type. The curves shown 
arc typical: e.g. for the types 4133 and 4165 the recorded 
frequency response curve supplied with each individual 
microphone actually rises less than I dB at the high frequencies. 
The microphones and preamplifiers arc designed such that the 
acoustical roll -off, as well as the electronic roll -off, coincide in 
the 2-4 Hz region. The resulting phase deviation will therefore 
only be around 4 degrees at 40 Hz. making these microphones 
ideal for picking up low frequency transient sound. 

As mentioned before, pressure microphones (omni) normally 
have the diaphragm resonance towards the high end of the 
frequency range. Now take a look at the frequency response of 
the type 4133. which extends to 40 k Hi. Due to the high tension 
and low mass of the diaphragm, its resonance frequency is 

outside the audio range at 23 kHz. This results in a deviation of 
approximately 40 degrees at 20 kHz from an ideal phase curve. 
This corresponds to a time smear of only 6 microseconds or, 
translated into spatial distance, with sound traveling at a speed 
of 344 m sec, to a distance smear of only 20 mm. This will be of 
importance to voices and all instruments and, of course, 
specifically with respect to the accurate reproduction of 
cymbals and triangles, any percussion type instrument, guitars 
(especially acoustical models), etc. 

When using this type microphone in stereo, multi -channel or 
differential applications, the phase matching between 
microphones becomes crucial in order to preserve the sound 
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Figure 5. Free -field phase response of the hall -inch 
microphone type 4133. 

image. Any two of these microphones will match within 5 

degrees. FIGURE 5 shows the free -field phase curve of a type 
4133 microphone. The overall slope of the curve is not 
important because it is only indicative of the group delay -the 
time by which all frequencies in common are delayed. The 4133 
comes quite close to an ideal phase curve, which is a straight line 
going through 0 degrees and 0 Hz. 

A smaller microphone such as the quarter -inch type 4135 
shown in FIGURE 4 has an even- better phase and frequency 
response (4 Hz to 100 kHz) and will be well suited for high sound 
intensity percussion instruments. Its somewhat lower sensitivity 
will result in low distortion (0.6 per cent at 160 dB SPL), but 
give a relatively high noise floor (48 dB(A) SPL). 

DIRECTIONAL RESPONSE 
I-or pressure microphones the directional response is 

governed by the diameter of the microphone... the smaller, the 
better. At low frequencies the pattern is omnidirectional, at 
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higher frequencies more directional. For the type 4133 the off - 
axis response is uniform within 5 dB at 10 kHz ( ±90 degrees); for 
the type 4135 it is within 2 dB. 

SENSITIVITY, DYNAMIC RANGE AND DISTORTION 
The one -inch microphone (hype 4145) and halt -inch 

microphone (Type 4165) have the highest sensitivity (50 mV/ Pa 
mVipbar), resulting in noise floors corresponding to 13 and 

18 dB(A) SPL. In general, studio condenser microphones will 
exhibit a dynamic range of 90 to 110 dB. Due to the high voltage 
swing capability of instrumentation preamplifiers, and the 
high- tension diaphragm of measuring microphones, a dynamic 
range of 112 to 125 dB is achieved (0.5 per cent distortion). The 
sound level where most studio microphones exhibit 0.5 percent 
distortion is around 110 to 135 dB SPL. However, the type 4133 
measuring microphone can capture sound levels of 152 dB with 
only 0.5 per cent distortion -an important characteristic when 
recording high levels and high peaks. The chance of overload 
and distortion due to "pop" sounds is very low. The overload 
point of, for example, the types 4133. 4135 and 4165 is 

approximately 170. 160 and 150 dB SPL, respectively. 

DOCUMENTATION 
Due to the fact that air condenser microphones are used in a 

wealth of routine and also in many difficult scientific 
applications. a very comprehensive amount of information 
concerning acoustical, electrical and environmental perform- 
ance has been gathered (see Ref. I). In addition, each 
microphone is supplied with its individual calibration 
certificate showing the actual frequency response curve and 
important electrical parameters. Besides being an important 
final step in the factory quality control procedure. it allows the 
user to make an accurate match to other studio equipment. For 
the user to verify the performance, a simple acoustical 
calibration will provide more information than at first 
apparent. A substantial change in acoustical sensitivity (more 
than I -2 dB) in these microphones, which are highly stable in all 
parameters under normal use, would indicate that the 
microphone has been subjected to harsh treatment. Here we 
should keep in mind that sensitivity is closely related to 
frequency and phase response. 

CONCLUSION 
With the availability of higher quality professional recording 

and consumer reproduction equipment. the performance of 
studio microphones has become more important than ever. The 
public has become increasingly aware of good and bad 
recording techniques and several studios improve the recording 
techniques by going to direct -to -disc recording. digital tape 
recording and mastering. This places more emphasis on a most 
important item: the studio microphone. Air condenser 
measuring microphones have performance characteristics 
unequalled by other commercially available omnidirectional 
microphones. making them immensely suitable for high quality 
studio work: 

Lower distortion at high SPL 
Higher overload capability 
Wider frequency range 
Flatter response 
Closer to an ideal phase (transient) response 
High sensitivity 
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Special Report 

JOHN M. WORAM 

The Ampex ATRI 24 
As we enter what appears to be the digital decade of the 
80s, Ampex is making a major commitment to at least one more 
generation of analog professional audio tape recorders. 

,t t \I, \, I nut'c;H everyone is introducing -- or at least. 
announcing -the arrival of a digital tape recorder. Well, 
almost everyone. Lately, Ampex has been conspicuous for 
its total silence on the matter of digital recording. The 

recent ADD -I (see our November 1979 issue) acknowledged 
what everyone suspected all along: Ampex--just like everyone 
else -was indeed getting involved in digital technology. And 
now, with a DDL in their product line, could a DTR be far 
behind? 

At the recent convention of the Audio Engineering Society, 
Ampex finally broke the silence, by unveiling its new ATR -I24 
tape recorder. And, it's analog! 

Ampex seems to have carefully evaluated the status of digital 
technology today, and concluded. Not yet." Although others 
will surely disagree (as we'll see next month), the company 
proposes one more generation of analog machines. Of course. 
the new generation takes full advantage of the ubiquitous 
micro- processor, but the recorded format remains, for the 
moment, analog. 

The usual specs are of course impressive, even if wow and 
flutter is still measureable, and signal -to -noise is not quite up 
to digital standards. However, the system electronics have 
been designed with enough latitude to accommodate future 
advances in tape formulations. And these will surely narrow - 
although perhaps not close - the S N gap. (As an aside, there 
doesn't seem to be a professional application for the new 
metal particle tapes, since their advantages are most apparent 
at the very -short recorded wavelengths found on cassettes.) 

Perhaps the most -noteworthy departure from earlier Ampex 
designs is found within the ATR -124's series of control systems. 
These are divided into separate sections: a channel -status 
module, a transport controller, an equalization selection panel, 
and a multi -point search -to -cue system. 

CHANNEL STATUS MODULE 
A 29 -by -7 matrix provides control over the condition of 

each track. The usual modes (Ready, Safe, Input, Sync, Repro) 
are switched by first touching the appropriate mode switch, 
at either end of the matrix, and then touching one or more of 
of the channel switches. An additional Mute mode is also available. 

There is also a Group mode, in which one or more channels 
may be assigned to one of four groups. Now, if Input and 
Group I are touched, all channels assigned to Group I will go 
into the Input mode. 

MEMORIES 
A Setup Memory allows four monitor conditions to be 

stored in Memories A, B, C and D. The Monitor Memory 
allows a different monitor condition to be selected for each 
transport mode. As an example, the following monitoring 
conditions could be programmed into the system: While 
recording, the system will monitor only those channels pres- 
ently being recorded; during playback, all channels will be 

monitored; at stop, all channels assigned to record will switch 
to input; during fast forward or rewind, all channels except 
the time code track will he muted. 
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Figure 1. The ATR -124: Ampex's latest -generation analog 
multi -track tape recorder. 

Depending on the synchronizer being used to read time 
code, it may be necessary to read the code continuously -or 
intermittently- during fast -wind modes. Usually, the tape lifter 
is under the control of the synchronizer, and may be per- 
manently defeated when continuous time -code readings are 
required. Ampex feels that the air film that is produced be- 
tween tape and heads during either fast -wind mode is sufficient 
to prevent head wear, although obviously, an audio -muting 
function is necessary to prevent demolishing the studio 
monitors. 

Presumably, the mute mode could also be controlled from 
an external' point -perhaps via the Group matrix -so that 
preselected channels could be switched on- and -off during 
mixdown. as is common on many automated consoles. 

TRANSFER MODE 
The Transfer mode prevents accidental erasure of previously - 

stored monitor conditions, and also allows the contents of any 
memory to be placed in one of the other memories as well. For 
example, to call up the contents of Memory A, simply depress 
A. To enter a new condition into Memory A, depress Transfer, 
A. To write condition A into Memory B. depress A, Transfer. 
B. This latter sequence can be helpful if a fairly -complex 
monitor condition needs some minor modifications from 
time to time. Instead of attempting a point -by -point duplica- 
tion, simply transfer A into B (A remains as -is). Now, the 
monitor mods can be made to B. 

TAPE SPEED 
In addition to three -speed operation (71/2. 15, 30 injsec.) a 

crystal -controlled frequency synthesizer permits speed change 
over a 50 -to -200 per cent range. Thus. the transport speed may 
be varied from 33/4 -to -60 in/ sec. Changes may be made as 
percentages of normal speed, or, in musical quarter -tone 
increments, over a range of ± one octave. 



Figure 2. A roll- around pedestal containing the channel 
function and multi -point search -to -cue modules. 

AUXILIARY CHANNELS 
Some European tape recorders provide separate sync 

outputs. and, in a somewhat- similar fashion, the ATR -124's 
optional Aux channels provide a separate set of electronics 
which may monitor Input, Sync. Repro or Mute. Unlike the 
main outputs, all Aux channels switch modes simultaneously. 
Perhaps the major advantage here is to allow tape monitoring 
during punch -ins, by monitoring the Aux channels in the Repro 
mode (in the control room). Meanwhile, the studio musicians 
listen on the normal channels. At the punch -in. the sync 
monitor goes to Input, so the musicians hear themselves 
during the insert, in the usual manner. 

MULTI -POINT SEARCH -TO -CUE 
Of course, it would be difficult -if not impossible -for the 

engineer to do punch -ins while monitoring tape output, due to 
the delay between the sync; record and playback heads. There- 
fore, the just- described feature will no doubt require the use 

of the Multi -point Search -to -Cue module. This module can 
store up to 100 cue points in memory. 

During rehearsal. the engineer monitors the normal channel. 
and -using the module's keyboard -cue numbers are assigned 
to several points on the tape, identified as: Cue Point. Record 
Start, Record End, and Search -Play. For example. assume 
the following times have been entered -3:27. 3:38, 3:50. 4:02. 
The system will start the tape at (Cue Point) 3:27, go into 
record (Record Start) at 3:38. drop out of record (Record End) 
at 3:50 and at 4:02 (Search -Play) will rewind back to 3:27 and 
repeat the cycle. Once cues are programmed, the engineer may 
switch to tape monitoring, as described above. 

In the Auto Pre -roll mode. only Record -Start and -End 
points need be entered, and the machine will automatically 
cycle bemecn pre -selected cue points before and after the 
recorded section. These points are set via a thumbwheel 

+itch, between 0 and 99 seconds. 
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In the Rehearse mode, the system will simulate a punch - 
in' -out sequence, without actually going into record. If any of 
the cues need to be adjusted, they may be changed by frames or 
seconds. If any cue point is changed in error, the previous 
setting may be returned, simply by depressing an X' Y Transfer 
key, similar to the one found on most calculators. 

EQUALIZATION SELECTION PANEL 
Each audio channel has tour complete record playback 

networks, and these may be pre -set for various tape speeds, 
recording standards, tape formulations, fluxivities, etc. Thus, 
the machine may be pre- aligned for say. 7%z in sec. NAB; 3M 
tape. 15 in sec. CCIR, Agfa, 30 in; sec., AES BASF and 
15 in sec. CCIR Ampex. at "X" fluxivity. 

TESTING 
Accessible from the front of the machine is an input, output 

bus, which may be switched to any audio channel. This allows 
easy access for alignment procedures, without tying up the 
console itself. It would seem to be a relatively trivial task to 
design some sort of automated testing system that could 
perform spot- checks on each audio channel, and perhaps 
even make corrective adjustments when necessary. 

LOOKING AHEAD 
Once a "super -mix" has been prepared, it would certainly 

be disastrous if all the cues were lost every night when the 
power was turned off. To prevent such calamities, a battery - 
backup for the memory will hold all cues for about three 
months, or until the session is over, whichever comes first. 
However, this won't be of much help when it becomes necessary 
to take the tape across town, or across the world, to another 
studio. 

Figure 3. The Channel Status Module. A matrix of touch - 
sensitive membrane switches permits high- density 
packing of control functions. At the bottom of the panels 
are switch groupings for tape speed and VSO, plus set -up 
and monitor memories. The touch -sensitive shuttle bar 
may be used to rock tape back -and -forth. Position of the 
operator's finger along the bar determines tape speed 
in either direction. 
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Figure 4. The Multi -point Search -to -cue module. 
By touching one of three KE (keyboard) switches, the 
keyboard may be used to enter tape time, event time or 
cue number. 
The six buttons immediately below the event time readout 
allow the operator to program the system for a variety of 
production chores. 
Split- screen illumination of the tape transport switches 
indicates the actual mode of the transport, as well as the 
last command received. Thus, during decelleration from 
fast forward -to -stop, half of each button would be lit, 
indicating the machine has been commanded to stop, but 
is still in motion. As soon as the tape comes to a complete 
halt, both segments of the stop button are lit, and the fast - 
forward light is extinguished. 

Again, it would seem to be within the realm of possibility to 
design some sort of memory- reading system, that would permit 
all 100 cues to be stored on a floppy disk -or perhaps, at the 
head of the master tape itself. That way. the cues could ac- 
company the tape wherever it goes. freeing the machine mem- 
ory for new tasks. 

IN- STUDIO PERFORMANCE 
It's still too early to report on the ATR -124's performance 

under actual recording studio conditions. But by now. Ampex's 
position in the pro marketplace has been well -established, and 
there's every reason to expect that the ATR -I24 will match - 
and probably surpass -the performance of earlier models. 
With an electronics system based on the legendary ATR -100 
Series, the system with no doubt attract the interest of studio - 
owners who wish to stay with analog audio for at least one 
more generation (of machines. that is -not of owners). 

There's a certain amount of "leap- frogging" within the 
studio -to -home listener signal path. as various elements 
become the weakest link. Multi -track digital recording certainly 
removes tape from the weak -link category. but it doesn't do 
anything for lousy pressings or degraded f.m. broadcasts 
(see our recent editorials for more on this). 

On the one hand. digital tape recorder technology is no 
doubt going to be a part of every studio's future. On the other 
hand, prices, proven reliability, and standards still stand in 
the way of an overnight swing to digital. 

The question is no longer "If ". but "When ? ". Everyone has 

an opinion, from sooner to later. The Ampex ATR -124 repre- 
sents but one of those opinions. But -all things considered - 
it's a pretty strong opinion. 



IRWIN DIEHL 

Muscle Shoals 
Sound Studios 

More than just a 24- track two- studio complex, 
M.S.S. has become one of ' the South's leading record 
production facilities. 

WHATti THE MAIN INGREDIENT for a successful re- 
cording studio operation? Ask a dozen studio 
owners, and more than likely, you'll get almost as 
many different responses. Some will stress the 

large and steady flow of capital that's needed to outfit and 
operate the studio competitively, others may say contacts and 
friends in the business are the essential factor, and some might 
suggest long and hard hours are the key. 

Certainly, each of these must be factored into any compre- 
hensive success plan in the recording industry, and probably 
should not be ignored. However, the success plan for Muscle 
Shoals Sound Studios reveals one more interesting factor, not 
often found in studio management. 

For more than a decade, the studio owners -Jimmy John- 
son. David Hood. Roger Hawkins and Barry Beckett- have 
been known as the Muscle Shoals Rhythm Section. One rec- 
ord company executive regards them as the world's only re- 
maining rhythm section from the 60s era. 

In 1969, the four purchased a small I6 -track studio on 
Jackson Highway in Sheffield. Alabama. Before long, the 
little studio became successful because its owners were -and 
still are -among the best studio musicians in the country. How- 
ever, after producers got their Muscle Shoals rhythm sound, 

Irwin Diehl. co- launder u ¡ the Institute of Audio 
Research, New York. is currently emplaced as an 
independent consultant'. 

they would then go off to Nashville or New York to finish off 
the project. 

Although business was good, it was not very satisfying to see 

so many projects leave town before completion. And so. it was 
soon agreed that what Muscle Shoals really needed was an all - 
new 24- track, two- studio complex that would attract pro- 
ducers, and then keep them in town right through the mix - 
down session. 

The entrance displays the laurels of just a few of the 
Muscle Shoals' projects that turned to gold. 

A 
w 



A view of the Studio A control -room. 

In April, 1978, Muscle Shoals Sound Studios moved to its 
present quarters, and, according to Jimmy Johnson. "We've 
taken down the 'tracks -only' sign. Artists and producers now 
come here to begin and finish projects. "The studio owners con- 
tinue to play on sessions, but are now also busy with writing, 
producing and engineering chores as well. 

THE STUDIO COMPLEX 
I he "new" building is a 31,000 square -foot structure built 

at the turn of the century. originally designed to accommodate 
the City of Sheffield power plant. Somewhat more recently, it 
was used as a Nasal Reserve Center during the second world war. 

HOW DO YOU 
MEASURE TAPE 
TENSION? 

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

The Tentel Tape Tension 

Gage is designed to di- 

agnose problems in your 

magnetic tape equipment. 

Virtually all recorder manu- 

facturers use and recom- 

mend the TENTELOMETER e 
for use with their equipment. 

The TENTELOMETER e measures tape tension while your 

transport is in operation, so you can "see' how your transport is 

handling your tape; high tension causing premature head and tape 

wear, low tension causing loss of high frequencies, or oscillations 

causing wow and flutter. Send for the Tentel 'Tape Tips Guide ". 

The T2- 112O -ML sells for $225 - complete. 

INTEL 
50 CURTNER AVENUE 

CAMPBELL. CALIF 95008 
(408) 377 -6588 

One of Muscle Shoals' two mirror -image studios. 

Snuggled into a hillside some fifty yards from an embankment 
of the Tennessee River. the building would be more than ade- 
quate insurance against outside noise and street rumble in any 
large metropolitan area. On its actual site, the structure is 

triple -indemnity against any hell- raising Tennesee River 
catfish. 

While the outside setting and building skeleton might be 

considered an acoustical designer's dream come true. the new 
owners have devoted no less attention to inside construction 
and isolation details, as might be expected in far -noisier, indus- 
trial; metropolitan areas. 

The Muscle Shoals facilities were designed and built by 
Claude Hill of Audio Consultants in Nashville, and includes 
two near identical studios, laid end -to -end with control rooms 
situated back -to -back. The outer walls are comprised of 10" and 
12" concrete block. filled with sand to give added mass. Con- 
tinuous voids or air -spaces separate walls of adjoining areas 
that must be acoustically isolated. 

Wood two -by -fours are laid to the concrete block surface to 
provide studding for interior surfaces. Between studs, fiber- 
glass materials are installed to reduce resonances that might 
result from otherwise -hollow cavities. 

ISOLATION BOOTHS 
The three drum and isolation booths built into each studio 

follow the "room within a room" principle, with carpeted. /e "- 
plywood floors resting on 2" x 4" studs. The spaces between 
floor studding are also filled with a fiber batting material. 

Isolation booth ceilings are approximately 8 -feet high, se- 
cured to 2" x 6" joists, with pegboard and 18" fiberglass resting 
atop the entire ceiling structure. Double -paned windows in 
twin. acoustically- isolated walls permit visual contact with the 
audio while keeping sound leakage to a minimum. 

The studio ceilings have been dropped to 18 -feet and are 
backed with 6" fiberglass. between the dropped ceilings and 
building roof, an intermediate structure or sound barrier with 
6" of foam insulation is added. 

A variety of surface materials have been used to control 
the studios' acoustic properties. Carpeting, hardwoods and fab- 
rics of various densities and textures have created a visually 
attractive space while maintaining a flexible sound environ- 
ment. 

Walls between studio and control room are of double con- 
struction. The studio wall is 8" block and the control room 
wall, I0 ". An air -space separates the two walls, which rise to 
the intermediate structure between roof and dropped ceiling. 
I -beams just above the control room windows support this 
heavy construction over the window framing. 

Control -room ceilings are dropped to about 9 -feet. treated 
in the fashion described previously. Fabric -covered sound traps 



A Designer's View of M.S.S. 

Our design philosophy has always been to design each 
of our studio projects from scratch, with a strong empha- 
sis on client needs. We do not believe that one standard 
design can fit all needs and applications. As applied to 
M.S.S. this design philosophy is represented in the con- 
trol -room shape, which follows the lines of their pre- 
vious facility on Jackson Highway. I affectionately refer 
to the old studio as the "burlap palace." a name which 
is well deserved. 

The other attributes of the control -room design are... 

I. Adequate size and volume to accommodate any 
console befitting a "world class" studio. 

2. A broad and deep monitor field designed to allow 
reasonable freedom of movement by producer and en- 
gineer at the console without compromise in monitor ac- 
curacy. Particular attention was paid to the phantom 
stereo imaging, as the clients use many panoramic and 
time domain effects in their mixes. 

3. All equipment items were provided with locations 
that provide access for operation and maintenance while 
allowing full freedom of movement for all operating 
personnel and talent. 

4. The AUDICON ALPHA ONE Monitor System 
was designed initially for the control rooms at M.S.S., as 
no commercially available monitor system could provide 
for the requirements of the clients. 

5. Two identical "mirror image" control -rooms were 
built. Particular care was taken to assure full isolation 
between studios A and B and was achieved by the "back 
to back" configuration and the isolation walls con- 
structed between. Both studios and control rooms exist 
on a common 16 inch steel- reinforced concrete slab, 
which has existed since the 1930s. There is no measurable 
or audible transmission through this slab. 

6. As in the studio design, control -room reverbera- 
tion time was calculated in the design, then accurately 
measured just prior to completion of construction and 
minor adjustments were made in the design to yield 
uniform RT60 of 45 milliseconds from 50 Hz to 8 kHz 
±20 per cent. 

The two studios were designed to yield identical per- 
formance. The single difference between them is the 
dimension between the control -room; studio wall and the 
wall which makes up the front of the isolation booths. 
The acoustical treatment of the smaller studio B was de- 
signed to duplicate the character of the larger studio A. 
Both rooms were adjusted during the final stages of 
construction to yield the same 1.5 second RT60 reverber- 
ation time over the 50 Hz to 12 kHz band. The high, 
20 -foot ceilings provide the volume of air which 
strongly feel is necessary for achieving tonal quality of 
the classic orchestral instruments. The three isolation 
booths arc of heavy double -wall wood construction 
and yield broadband isolation of more than 50 dB be- 
tween booths and between booths and the studios. The 
booths in both studios arc identical and have adjustable 
acoustic surfaces. 

-Claude Hill 

are built -into the control -rooms to control low frequency 
phenomena. Hardwood, carpeting and tile placed strategically 
around the room tailor acoustics in the upper frequency ranges. 

Isolation between Studio A and Studio B is, for all practical 
purposes, 100 per cent, due to more than 3 -feet of triple walls 
made of sand -filled concrete block, separated by 4" air- spaces. 

This approach to studio construction suggests careful at- 
tention to proper design, as well as a concern with detail of 
construction. This theme established in the building stages 
was continued when it came time to equip the complex. 

STUDIO EQUIPMENT 
Both studios are fitted with Neve boards. Room A sports a 

32 -input Model 8068, and in B there isa44 -input Model 8088. 
MCI 24- track. 2 "- recorders handle the multi -track tape duties, 
while Ampex and Studer share the 1/4-inch mixdown chores. 

Muscle Shoals Sound has everything the studios in larger 
metropolitan areas offer, plus a charming and comfortable 
setting. The combined studio activities of the Muscle Shoals. 
Alabama area do not yet require rental services such as those 
found in busier regions. However, the studio lacks nothing in the 
way of instruments, amplifiers, signal processing and special - 
request items. Because studio rental services are essentially 
non -existent, M.S.S. has purchased all the myriad of instru- 
ments and devices necessary to record production. Though 
this increases audio overhead by a small margin, a hidden ad- 
vantage accrues to the client in that equipment normally rented 
is routinely provided and also routinely maintained along with 
all other studio equipment. 

Muscle Shoals Sound has not only become one of the South's 
leading record production facilities but has gained recognition 
and respect throughout the U.S. Our report may have under- 
scored a few of the more prominent reasons for their success. 

/ 1 
PRESSURE ZONE MICROPHONES 
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and science of microphones. 
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SIDNEY L. SILVER 

VU Meters vs 
Peak Program Meters 
While VU meters provide a reliable indication of levels 
on mixed or integrated programs, peak -reading devices 
are useful in monitoring instantaneous peaks - 
giving clear warning of overload conditions. 

A 
SPRESENT -DAY MUI :rt -TRACK technology becomes more 

sophisticated, there is a need for more accurate 
metering of program levels, to keep audio signals 
within the limited dynamic range available within 

the recording system. Because of the stringent demands im- 
posed upon the system by today's transient program material. 
it has become increasingly clear that program indicators with 
standard VU characteristics are inadequate for properly 
monitoring peak energy levels, which are the limiting factor in 
recording operations. 

Normally, standard VU meters can be used to reliably indi- 
cate levels on mixed, or integrated programs, whose crest 
factors (peak -to- average values) are more -or -less predictable. 
But when individual musical instruments, whose peak energy 
content is many times normal, are recorded on separate tracks 
of a multi -channel system, VU meters can be very deceptive in 
detecting the onset of overload distortion. This problem has 
become more acute because of the growing trend to abandon 

Sidnei I. Silver is on the supervisory staff of the 
Te%conununications Section of the United Nations. 

co v where lw is in charge of sound and recording. 



Figure 1. British Standard Peak Program Meter. (Courtesy 
Surrey Electronics) 

"true" VU meters in favor of less- costly devices. which do not 
comply with standard performance requirements. Nowadays. 
it is not uncommon to find pseudo -VU meters in professional 
equipment whose sluggish response and high overswing can 
lead to substantial errors when adjusting audio levels. 

In order to provide a reasonably accurate indication of tran- 
sient peaks. and give a clear warning of overload conditions, 
peak -reading devices are now being used to supplement the 
array of VU meters in audio consoles and multi -track recorders. 
Peak program meters (PPMs) differ from the standard VU 
meter in that their ballistic behavior is electronically synthe- 
sized to yield a rapid and reliable measurement of the crest 
values of the audio signal. These instruments have long been 
favored for general use by European broadcasting and record- 
ing studios, and. to date, there are over half a dozen standards 
in existence defining PPM characteristics. As yet. however, no 
single I'PM standard has been adopted in the US. 

There are some commonly -held misconceptions regarding 
the relative merits of the VU meter and the PPM. and this has 
led to a great deal of controversy concerning the use of these 
two instruments. On the one hand, some engineers believe that 
the VU meter has outlived its usefulness and should be com- 
pletely replaced by the PPM. Many others feel that both instru- 
ments working together can resolve the conflict that arises in 
virtually monitoring program levels. i.e., registering the instan- 
taneous peaks accurately, while at the same time reading out 
the integrated program energy on a continuous basis. 

As a basis for understanding the present situation, it would 
be helpful to briefly review the use of program indicators in past 
years. particularly st it h regard to their dynamic characteristics. 

HISTORICAL BACKGROUND 
In the early days of broadcasting and recording. there was a 

wide variety of audio level meters. with various speeds of move- 
ment, different calibrations and reference levels. and very little 
correlation between their readings. These old -style dB meters 
were very difficult to interpret. having a large amount of over- 
shoot. with decibel scales extremely cramped at the lower end. 
To remedy this condition. broadcast and telephone engineers 
came together some 40 years ago and developed a new type of 
volume indicator- -the VU meter -- -whose dynamic response 
was rigidly specified and controlled. Subsequently, the VU 
meter was adopted as an effective standard by most users of 
program indicators, but was not generally accepted by motion 
picture studios. Here. sound engineers working with optical 
recording systems preferred using a level indicator with a con- 
siderably- faster response. They complained that their light 
modulators could easily he overloaded by sharp peaks eluding 
the moving pointer of the V U meter, causing serious distortion. 
To provide a suitable peak- reading device for optical sound, 
a neon -light indicator was developed that was sensitive enough 
to register both positive and negative excursions of the light 
modulator. The unit consisted of a row of 15 neon lamps ar- 

ranged to record program material in 3-dB steps. ranging from 
-45 dB to +3 dB with reference to 100 per cent modulation. It 
is interesting to note the remarkable similarity between this 
early instrument and the precision light -type devices used 
today. 

During this period of time. PPMs were the predominant level 
indicators used by European sound engineers to visually moni- 
tor program material. and this tradition has continued to the 
present time. One type of PPM in common use was the moving 
light -beam meter based on the principle of the mirror galvano- 
meter. This instrument employed a precision optical system 
whereby a narrow beam of light was projected onto a mirror 
attached to a moving coil arrangement. The light beam. in turn, 
was reflected off the mirror surface onto an in -line, ground - 
glass scale calibrated in decibels. In a modern version of the 
moving light -beam meter, the light intensity increases and the 
display color changes to red when the program level exceeds 
zero reference, thus giving ample warning of the system over- 
load point. While this device is a highly accurate level indicator, 
it is not found in general use today because of its high cost and 
the precision optics involved. 

Since the early Seventies, advances in solid -state technology 
have resulted in the development of new light -type meters which 
are gradually finding their was into multi- channel equipment. 
both in the US and Europe. 

THE STANDARD VU METER 
Let us take a close look at the dynamic characteristics of the 

much -maligned VU meter. Basically, it is a rectifier -type a.c. 
voltmeter which responds to signal level components lying 
somewhere between the average and peak values of a complex 
waveform. There is no simple relationship between the power of 
such a waveform and the measured value, so that the actual 
reading will depend on the particular waveshape at the moment. 
In order to comply with ANSI Standards., it should take the 
indicating pointer between 270 and 330 msec to reach 99 per 
cent of zero deflection in response to a suddenly- applied tone at 
that level, and overshoot the steady -state value by 1.0 to 1.5 per 
cent. Moreover, the fall -back time, required for the pointer to 
reach its rest position upon removal of the tone, should closely 
approximate the rise time. 

Owing to meter- movement inertia, it is obvious that the 
standard VU meter cannot accurately register the short - 
duration peaks. varying both in frequency and amplitude, that 

Figure 2. Driving amplifier circuit board may be mounted 
on rear of PPM case or wired separately. (Courtesy of 
Surrey Electronics) 
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Figure 3. Scaling format for IEC Type lib Peak Program 
Meter used by the European Broadcasting Union. 

occur in speech and music. In bringing the maximum peaks up 
to the zero mark on the meter scale. it is possible that 
momentary transients that barely indicate on the meter. but 
nevertheless require headroom. will exceed the modulation 
capabilities of the system. Close -miked pianos. muted brass, 
and snare drums are prime examples of these types of signals. 
When such high crest values are encountered, the recording 
engineer may find it necessary to "ride gain" in an area 
considerably lower than what the VU meter would indicate asa 
normal, or "safe." level. Of course. with some types of program 
material it is possible to "peg" the moving pointer and still not 
approach excessive levels. Only by experience can the operator 
make the subjective judgement as to how much under - 
modulation or over- modulation to allow on the VU meter, in 
order to avoid degrading the signal. 

It is generally assumed that the VU meter registers typical 
program material at about 10 dB below the actual amplitude. 
Under controlled conditions, however, certain complex 
waveforms have been observed with crest factors up to 16 dB 
above the V U meter reading. Many of these transient peaks are 
too short to cause detectable distortion and, in general, the 
shorter the peak, the greater the amount of momentary over - 
modulation that can be tolerated. Experience has shown that 
significant peaks of program material, observed on a peak - 
responding meter. tend to be some 6 to 8 dB higher than the 
highest deflection indicated on a VU meter. 

Another point of consideration is that most of the waveforms 
generated by the human voice (speech or singing) and 
synthesized musical sounds are asymmetrical in character: that 
is. the signals have a greater amplitude for one polarity than the 
other. Ideally, any errors introduced by asymmetrical 
waveshapes should be unmeasurable when the polarity of the 
signal is reversed. However. unless the meter employs a 

precision full -wave rectifier incorporating the correct averaging 
characteristic, there may be some variation in meter reading, if 
the polarity of the applied signal is reversed. 

PEAK PROGRAM METERS 
I!.sentiall. the 11) \I responds to the quasi -peak values 

rather than the true, or absolute, values of an audio signal. 
Unlike the standard VU meter. which requires special electro- 
mechanical components to achieve the desired speed of 
movement, the PPM has a driving amplifier which allows the 
dynamic response to be adjusted electronically. The time 
constant of the meter movement is controlled by an RC 
network which holds the peak values of the signal long enough 
for the indicating pointer to rise rapidly to the correct scale 
reading, then fall back slowly for easy readability. 

Because of the fast rise time (on the order of IO msec) and the 
slow decay time (about 2 or 3 sec), the meter integrates over a 

number of peaks of the signal, so that the indicated reading 
actually follows the contours of the peak levels of the waveform. 
The governing factor in selecting a suitable speed of response, is 

20 
-Ip 

?N` 

Figure 4. Scale layout for German DIN Standard Peak 
Program Meter. 

that an otherwise excessively -fast meter. responding to the 
briefest transient spikes -say. in the microsecond range - 
would provide too much detailed information. The operator 
would then be confused by the wildly- fluctuating pointer. and 
tend to ride gain at too low an average modulation level. Only a 

true peak- reading instrument, such as an oscilloscope, would be 
capable of displaying all the instantaneous peaks of the signal 
waveform. 

It should be noted that many PPMs are provided with an 
optional "slugged" mode of operation. which effectively slows 
the response of the meter movement. Under these conditions. 
program peaks tend to be more -clearly defined and can thus be 
read off separately. This makes it possible to compare signal 
levels at distant points in the system with a reasonable degree of 
accuracy. Interestingly enough, this "peak- checking" function 
was an important consideration when the ballistics of the 
standard VU meter was originally being formulated. 

PPM STANDARDS 
According to which peak- indicating standard is applied. 

there are some discrepancies in the ballistic behavior and scale 
factors of commercially available PPMs. FIGURES I and 2 

illustrate an example of the British Standard PPM,= originally 
based on BBC specifications and used by all broadcasting 
authorities in the UK. It can be seen that the scaling consists of 
white calibration marks, numbered I through 7, on a black 
background with a white indicating pointer. This arrangement 
was adopted to help reduce eye strain in situations requiring 
long observation. The use of a semi -log law in the amplifier 
circuit enables the scale divisions (calibrated in decibels) to be 
reasonably linear. Each scale increment represents a level 
difference of 4 dB. so that the scale range is -20 dB to +4 dB with 
respect to mark 6. which indicates 100 per cent modulation. 

Normal practice is to line up the meter on a sinusoidal signal, 
say 1 kHz, so that mark 4 is registered when the tone 
corresponds to 40 per cent modulation. This reference voltage 
(0.775 v) is called "zero level," and the intensity of any 
continuous tone is expressed in decibels above and below this 
value. Mark 6 (about 1.95 v) represents "zero volume." i.e.. the 
intensity of program material that peaks frequently to a point 8 

dB above zero reference level. The range from mark 6 to mark 7 

indicates the extent of overloading. 
The dynamic performance of the instrument is measured by 

introducing isolated 5 -kHz tone bursts of varying lengths to the 
input and observing the results. If. for example, a 10 -msec. tone 
burst is applied to the meter at a level at which a steady -state 
tone would give a reading of mark 6. the peak deflection should 
be -2.5 dB relative to mark 6. This width of tone burst gives an 
indication which nominally reads 80 percent of the steady -state 
modulation level. By convention, it is referred to as the 
integration time of the instrument. If the same signal is repeated 
continuously at a repetition rate of 5 msec. there should be a 

steady -state deflection which is -4 dB relative to mark 6. The 
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Figure 5. A high- resolution led program indicator with 
selectable VU or PPM ballistics. 

fall -back time, defined as the time taken for the pointer to decay 
from mark 7 to mark 1, should be between 2.5 and 3.0 seconds. 
Damping is determined by applying a direct current to give a 

pointer deflection to mark 7, and the resulting overswing should 
not exceed 5 per cent of the steady -state value. For slugged 
operation. the response of the meter to a 5 -kHz tone burst of 
100 msec. duration should yield a steady -state deflection which 

is -I dB relative to mark 6. 
FIGURE 3 shows the scale layout of the IEC Standard PP M3 

used by the European Broadcasting Union. Here, the principle 
scale markings are divided into 4 dB increments above and 
below the TEST level mark. which is at mid -scale position. Zero 
reference is taken as the level where the application ofa I kHz 
sine wave of 0.775 v rms results in a deflection to the TEST 
point. The scale range is 21 dB to +3 dB, relative to the scale 
mark corresponding to +9 dB (2.19 v). which is the point where 
program peaks should kick frequently- If a 5 -kHz tone burst is 

applied to the input, there should be a steady -state deflection of 
+6 dB. with an overshoot not more than 5 per cent. The release 
time taken for the pointer to return from +12 dB to -12 dB 
should be 2.8 sec. Expressed another way, the rate of fall -back 
should he 8.6 dB; sec. 

The German DIN Standard PPM.' widely used in Central 
Europe. calls for an attack time of 10 msec. to indicate 1.0 dB 
below zero reference level, in response to a 1 -kHz tone burst. 
The decay time should be 1.5 sec. for the indicating pointer to 
fall from 0 dB to -20 dB. Overshoot should be less than 1.5 dB 
above the steady -state value. Referring to the scale format 
shown in FIGURE: 4, it can he seen that the meter covers a wide 
dynamic range (55 dB). 

LIGHT -TYPE METERS 
So far, the discussion has focused on traditional program 

indicators using electro- mechanical meter movements. There 
are some drawbacks. however, in applying these instruments to 
multi -channel situations. For example, the console operator 
may be required to scan the moving pointers of, say, 24 meters. 
in order to judge the relative gain. Since the visual angle of the 
human eye is severely limited under these circumstances, it 
would be difficult to observe the meters at opposite ends of the 
console simultaneously. It has been demonstrated. however. 

that the eye has the ability to accurately perceive moving, 
flashing displays of color (mostly red) with a much wider 
viewing angle. 

Accordingly, new light -type indicators are readily available 
which offer far better readability than conventional meters, and 
are directly compatible with ICs and other solid -state drive 
circuitry. These are rugged devices which do not depend on the 
inertial movement of a fluctuating pointer. and hence have no 
overswing. And since they do not have the parallax problem of 
pointer -type meters, they can be read at angles up to 150 

degrees. Moreover, they can be viewed at greater distances 
without the need for excessive size. For the most part, these 
indicators consist of led displays ranging from simple peak 
overload detectors mounted within the VU meter case, to more 
complicated multilevel displays matching the effective ballistics 
of their electro- mechanical counterparts. As these displays 
become more refined, they are gradually being joined by other 
display technologies. including plasma and fluorescent types, 
and multicolor lcds. 

FIGURE 5 shows a typical example of a high -resolution led 

bar -graph indicator yielding a highly -visible, flicker -free 
display. This instrument can function either as a peak- reading 
or average- responding device (using separate scale factors). 
whose ballistics are switchable depending on the mode of 
operation desired. Level indication is accomplished by a small 
vertical column of 36 linear illuminated segments whose display 
color changes from yellow to red when a peak overload 
condition is indicated. In the PPM mode, the first yellow 
segment comes on at -23 dB, and the transition from the top 
yellow to the first red segment occurs at 0 dB. In some units. a 3- 
color system is used to indicate modulation levels- -green for 
under -modulation. yellow for normal modulation, and red. of 
course. signaling over- modulation. 

An important feature incorporated in some models is a 

"peak- holding" capability which permits the operator to store 
the highest signal value reached. either for a short interval or 
until the indicator is reset manually. If this setting is exceeded. 
the red sectors will flash at twice the normal brilliance for a 

predetermined period of time. This is a useful function in disc 
cutting or tape duplicating operations, where the gain control 
can be adjusted to accommodate the maximum peak level 
encountered in a recording session. Also, display intensity can 
be remotely controlled to suit ambient lighting conditions. from 
the bright environment of a recording studio to the dim 
environment of a tv control room. 

To further reduce "head- swiveling" in multi -channel 
recording, there are bar -graph indicators available which 
display up to 28 channels of audio data closely spaced on a tv 
monitor screen. Each illuminated bar represents one channel or 
meter bus. The vertical bars are always visible as a background 
reference, but as the level of a channel increases, the bar 
indicating that channel increases in height and intensity. The 
lower two- thirds portion of the monitor is a blue filter 
indicating the safe area, and the upper one -third a red filter 
indicating the danger, or overload area. 

REFERENCES 
I. ASA Standard C16.5-1942. "American Recommended Practice for 
Volume Measurements of Electrical Speech and Program Waves." 
Reissued as ANSI C16.5-1954. Reaffirmed as ANSI C16.5 -1961. 
American National Standards Institute, Inc.. New York. NY. 

2. British Standard 4297:1968, "Specification for the Characteristics of 
a Peak Programme Meter." British Standards Institution, London. 
England. IEC Standard 268 -10 (1976), "Peak Programme Meters for 
Sound System Equipment." Supplemented by IEC 268 -I0a (1978) 
which specifies Type Ila PPM. based on British Standards. 
International Electrotechnical Commission. Geneva. Switzerland. 
3. IEC Standard 268 -10a also specifies Type Ilb PPM used by the 
European Broadcasting Union. Brussels, Belgium. 

4. German DIN Standard 45 406 (1966), "Peak Programme Meter for 
Electroacoustic Wide Band Transmission." Deutsches Institut Far 
Normung (German Institute for Standardization) Berlin, FRG. 



BARRY HUFKER 

Re- inventing 
The Microphone 

The search for improved microphone design has often 
left inventors with interesting, creative, and, at times, 
unconventional results. 

EVER SINCE THE INVENTION of the first microphone 
there have been many innovative and practical trans- 
ducer designs which have helped to advance the 
quality of recorded and broadcast sound. The capaci- 

tor, moving coil and ribbon are such microphones whose con- 
struction and history have been well documented over the years. 

Leaving the well -worn path of conventional microphone 
design, various inventors have tried to create "a better 
microphone" by at times, literally "re- inventing" it. Their 
results have often been highly creative, if unconventional. The 
histories of some of these transducers are scant because they 
never achieved popularity, or in some cases, practicality. 

Although starting with reasonably worthwhile ideas, 
experimentation would soon reveal to the inventor that the 
creation possessed a "fatal flaw. " The flaw would prove to be so 
basic in the design as to make it insurmountable, preventing the 
originator from using his device as a means of making any real 
or lasting contribution to audio. Whether inventing the first 
microphone or trying to gain notoriety for having built a 

successful new type, there comes a time when one realizes some 
ideas are better than others. 

EARLY MICROPHONE DESIGN 
Examining the construction of the human ear for clues to a 

practical transducer. J. P. Reis. working in the 1800's, imitated 
the eardrum in his microphone by employing a stretched 
diaphragm, to which were connected loosely- contacting metal 

o Barry Humer is a recording engineer /producer at 
u) KWMU. University of Missouri -Sc. Louis. 

parts. Having some pieces of the microphone puzzle, Reis was 
hampered by his choice of diaphragm material- sausage skin. 
The finished device could transmit single frequency tones but 
was plainly inadequate for the conversion of more complex 
sounds such as speech. Coming so close to success, it was Reis' 
inability to overcome the inadequacies of his device which 
prevented him from gaining recognition as the inventor of the 
first practical microphone. 

In contrast, the capacitor microphone has been an important 
and enduring contribution to broadcasting and recording. It 
has evolved in a variety of forms capable of high sound pressure 
levels, low noise, excellent frequency response and multiple 
polar patterns. Thus, when seeking a means to duplicate the 
capacitor microphone's success, inventors thought it a 

reasonable jump to the inductor as the possible solution. 

THE INDUCTOR MICROPHONE 
While the modern moving -coil microphone does indeed 

operate on the principle of inductance, and shares many of the 
capacitor's qualities, there was at one time an "inductor 
microphone." The inductor was very much like the dynamic 
microphone of today, in that it too was a moving -coil device. 
Suspended in a strong magnetic field, the coil consisted of a 

single turn of wire attached to a parchment diaphragm. The 
inductor microphone was an omnidirectional, pressure 
instrument, with an impedance- matching transformer used to 
match the coil to the output line. This particular scheme had 
several of the necessary elements to be successful but performed 
poorly and was made obsolete by other moving -coil designs. 

The invention of the vacuum -tube amplifier enabled 
traditional generating elements, such as the capacitor and 
magnet, to be used in microphones. In a creative but less 

conventional approach to inventing microphones, G. M. Rose 
of the Tube Department of the RCA Victor Division developed 
several types of "mechano- electronic" transducers. 

Harry F. Olson, writing in the 1947 Journaiofthe Acoustical 
Society of America. thought it "rather interesting and 



Figure 1. Sectional view of mechano- electronic trans- 
ducer. (1) variable tube element, (2) paper 
diaphragm, (3) fixed element, (4) low frequency port. 

somewhat surprising that the direct method of transduction. 
instead of the indirect method of employing a conventional 
transducer and then amplifying the output with a vacuum tube, 
has not been developed, particularly in view of the fact that the 
electronic transducer appears to possess many advantages over 
the conventional transducer." , 

"ELECTRONIC" MICROPHONE 
In one embodiment designated RCA type 5734. the 

mechano- electronic (or "electronic ") microphone was 
constructed much like a vacuum tube (see F tcuRts I ). One of the 

Figure 2. 1938 Banks optical microphone. (1) light 
source, (2) lens, (3) metal diaphragm, (4) fixed reflector, 
(5) electron multiplier tube, (6) cathode, (7) output. 

tube's internal elements was connected to a two -inch paper 
diaphragm comprising one side of the tube's glass container. 
Impinging sound waves fluctuated the diaphragm, varying the 
distance between the moveable element and the fixed one. This 
action resulted in a flow of electrons proportional to the sound 
wave's amplitude. The port in the casing enabled the 
microphone to accentuate the low frequency response while 
still achieving a sharp low cut -off frequency. The greatest 
performance demands fell upon the diaphragm which had to 
cope with a vacuum on one side. 15 pounds per square inch of 
static pressure on the opposite side and yet be able to react to 
sound pressure of less than a millionth of a pound. 

Tests of the RCA electronic microphone revealed it to have 
low linear distortion, but a useable frequency response of only 
100 to 6000 Hi. High hopes were held in 1947 for the mechano- 
electronic transducer as developed by RCA. It was even 
thought that in a slightly different form the principle could bea 

4600 SMPTE Tape Controller 
Before you do another multi -track session, call us for a personal introduction to electronic audio editing. 

wDAS NNV S SECONDS FRAMES TAPE MODE HOURS MINUTES SECONDS EPAMES TAPE MODE 

The BTX Corporation 438 Boston Post Road, Weston, Massachusetts 02193. 1617) 891 -1239 
16255 Sunset Boulevard, Hollywood, California 90028. (213) 462 -1506 
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THE OPTICAL MICROPHONE 
1938 saw the advent of still another unusual transducer, 

Englishman George Banks invented the first optical 
microphone and assigned the rights to RCA. Banks' optical 
microphone was assembled in a metal housing with an opening 
at the side as seen in FIGURE 2. From a light source at this 
opening. a beam wave focused through a lens onto a reflective 
metal membrane. This diaphragm was exposed to the sound 
source. Parallel to the membrane was a fixed reflector which 
received the light bounced from the diaphragm. The light then 
zig- zagged at 45- degree angles between diaphragm and re- 
flector. until it passed through a hole onto an electron multiplier 
tube. where it was amplified. When at rest, the diaphragm let 
approximately half the light reach the cathode of the amplifying 
tube. The diaphragm's movement varied the amount of light 
shining on the tube and an output signal was generated. The 
electrode opposite the cathode was built of light -permeable 
mesh and served as the tube's output. 

John MacDonell re- invented the light microphone in 1951 

using a "circular diaphragm with concentric corrugations. "2 

(See FIGURE 3) This time a light source provided a beam focused 
through a lens onto a cyllindrically- shaped cup. fixed to the 
center of the diaphragm. tight from the cup was beamed onto a 

Ronchi ruling, or grating, comprised of alternating opaque and 
transparent evenly -spaced parallel lines of equal width. From 
this grating. the light travelled to another lens, where it was 
focused upon a phototube. Movement of the diaphragm 
modulated the light reflected from the cup to the grating. As the 
light passed through the grating, it was focused on the 
phototube, where the modulated light would be amplified as an 
output signal. 

Patents 2.259.51 I and 2,666,650 were awarded to Banks and 
MacDonell for their microphones, which for all their apparent 
promise were never commercialized, simply because they didn't 
work. A full discussion of the optical microphone's 
shortcomings would be an article in itself and indeed, one was 
written by Virginia Rettinger in 1965. Briefly and simply it can 
he said that Banks' transducer assumes soundwaves will 
displace the diaphragm sufficiently to cause the light beam to be 
modulated. In reality, the displacement is on the order of micro- 

Figure 4. The Shure SM -33. A modern ribbon micro- 
phone. designed for studio use. 

inches and is not enough to make any measureable difference in 
the angle or intensity of the beam and hence no modulation 
occurs. 

MacDonell's microphone fails for a slightly different reason. 
Simply, the diaphragm's displacement due to the sound wave is 

too small to force the beam to transverse the lines of the 
modulation grating and subsequently no output is produced. 

THE RIBBON MICROPHONE 
I he velocity transducer. or ribbon microphone, has been an 

important tool in audio for many years and has endeared itself 
to recording engineers and broadcasters alike. It has been 
characterized by high sensitivity, smooth frequency response, a 

subjective "warmth" and in early models, an extremely fragile 
ribbon easily stretched beyond use by relatively strong puffs of 
air. Modern versions are hardier, preserve the famous qualities 
of past types and provide all the best the ribbon has to offer. 
Unfortunately. somewhere along the line, ribbons fell into an 
undeserved decline in popularity,having been dropped in favor 
of the capacitor or moving -coil. Engineers who have not picked 
up a ribbon in a while will find they can hold up like other 
dynamic microphones, and are invited to re- experience them so 
that a viable microphone type will not go the same way as so 
many others of lesser value. 

Specific References: 
I. Olson, Harry F.. "Mechano- Electronic Transducers. "Journalo¡ the 

Acoustical Society of America. March, 1947, Vol. 19 No 2. p. 307. 
2. MacDonell. John, excerpt from U.S. patent 2.666.650. 
General References: 
I. Banks. George. U.S. patent 2.259,51 1. 

2. Rettinger, Virginia. "The Improbable Optical Microphone, "Audio 
Magazine. September. 1965. 

3. Tremaine, Howard M., The Audio Cyclopedia. Howard W. Sams 
and Co.. Kansas City. 1975. pp. 221, 222. 226. 179. 

4. Woram. John, "A Backward Glance at Cardioid Microphones." 
db. the Sound Engineering Magazine. Vol. 12 No 8. p. 38. 
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IVIE ELECTRONICS REAL -TIME ANA- 
LYZERS, etc. Very slightly used demon- 
strators at discount. Full factory warranty. 
Money -back guarantee. JML Company, 
39,000 Highway 128, Cloverdale, CA 
95425. 

TEST RECORD for equalizing stereo 
systems; Helps you sell equalizers and 
installation services; Pink noise in 1/3- 
octave bands, type OR- 2011 -1 @ $22.00. 
Used with various B & K Sound Level 
Meters. B & K Instruments, Inc., 5111 
W. 164th St., Cleveland, Ohio 44142. 

SCULLY 280 -4 TRACK, in console, 
$2,500.00 Ampex 350 mono, Lang Elec- 
tronics, console, $800.00. (213) 462 -4966. 

BGW: FOR IMMEDIATE DELIVERY. UAR 
Professional Systems, 8535 Fairhaven. 
San Antonio, TX 78229. 512 -690 -8888. 

BOOK SALE 
A very limited number of cosmetically - 
damaged Microphones: Design and 
Application by Lou Burroughs are 
available in paperback. Price $7.95 
($1.00 additional, outside the U.S.). All 
checks must be in U.S. funds, drawn on 
a U.S. bank. 

db Magazine 
1120 Old Country Road 

Plainview, NY 11803 

FOR SALE 

CROWN QUAD RECORDER, $750.00. 
Ampex 300 '/ and 1/2 inch transports with 
consoles $400.00 each. 400 half -track with 
cases $250.00. 351 electronics, $160.00. 
Magnecord 1028 -2 new heads $250.00. 
1028 no electronics $75.00. PT6A, PT6J (2), 
PT6M $100.00. Ashley (215) 338 -1682. 

FOR SALE: 24 TRACKS dbx, excellent 
condition; Ampex 350 mono machine, 
fair condition, contact Clay at: Kingdom 
Sounds Studios (516) 364 -8666. 

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. 

WANTED 
RECORDING 
EQUIPMENT 

OF ALL AGES AND 
VARIETIES 

microphones, outboard gear, 
consoles, tape decks, etc. 

Dan Alexander 
6026 Bernhard 

Richmond, Ca. 94805 USA 
(115) 232 -7933 or (415) 232 -7818 

BEST PRICE ON TEAC, Tascam, Ampex 
Sennheiser, Allison, Eventide, Sound 
Workshop, UREI, BGW, Electro- Voice, 
Lexicon, ADR, Marshal, Orban, JBL and 
more. Paul Kadair's Home and Commer- 
cial Audio, Baton Rouge, Louisiana 
(504) 924 -1006. 

CETEC -ELECTRODYNE modules and 
spare parts 711L input modules, active 
combining networks, line amps, and 
more: Modu -Trend Industries, P.O. Box 
602. Rockville, Ct. 06066 (2n3) 872 -7750. 

AMPEX, OTARI & SCULLY recorders in 
stock for immediate delivery; new and 
rebuilt, RCI, 8550 2nd Ave., Silver Spring, 
MD 20910. Write for complete product list. 

For SALE: IF YOU are looking for well 
maintained recording equipment, try 
calling Criteria Recording Studios (305) 
947 -5611. We are always up- dating our 
studios and can offer consoles, tape 
machines, and many other items at a 

good price. 

FREE CATALOG d AUDIO APPLICATIONS 
CONSOLES 

KITS A WIRED 
AMPLIFIERS 

MIC., EO, ACN,LINE, 
TAPE, DISC, POWER 

OSCILLATORS 
AUDIO, TAPE BIAS 

POWER SUPPLIES 
1033 N. SYCAMORE AVE. 
LOS ANGELES, CA. 9003E 
1313) 934 -3566 W 



 

dbx 155: FOR IMMEDIATE DELIVERY. 
UAR Professional Systems, 8535 Fair- 
haven, San Antonio, TX 78229. 512 -690- 
8888. 

FOR SALE: API custom automated con- 
sole; 32 x 32. Must sell. 48 -track console 
ordered. Larrabee Sound, 8811 Santa 
Monica Blvd., Los Angeles, CA 90069 
(213) 657 -6750. 

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. 

IVIE SOUND ANALYZERS, all models in 
stock -demo models and discounts avail- 
able -sales and rentals. Theatre Tech- 
nology, 37 W. 20th St., New York, NY 
10011. (212) 929 -5380. 

FOR SALE: IMPECCABLE MCI 428 con- 
sole, 28 -in /24 -out (upgrading to Neve/ 
Necam). Also Scully 280 2 -track (all new 
heads, 14" reel capacity). Revox A77 1/4" 

track, Eventide's 1745 DDL, 901 Harmon- 
izer (fully loaded), Dynaco Graphic EQ. 
New RMI Rocksichord Keyboard, large 
Buchla synthesizer in futuristic cabinet, 
Arp Odyssey, Digital Sequencer; also 
brand new Commodore computer system: 
Pet 2001 w /32K memory, dual floppy -disk, 
centronics 779 printer. Contact RPM 
Sound, 12 East 12th Street, NYC 10003 
(212) 242 -2100. 

SCULLY LATHE, serial #484, variable 
pitch. Good condition. HAECO SD -240A, 
stereo cutting amp. PRESTO 14B cutting 
lathe, in console, 20 built -in pitches, 3 
motor drive. Call (201) 767 -7874. 

AMPEX, OTARI. SCULLY -In stock: all 
major professional lines: top dollar trade - 
ins; 15 minutes George Washington 
Bridge. Professional Audio Video Cor- 
poration, 384 Grand Street, Paterson, 
New Jersey 07505. (201) 523 -3333. 

JBL PROFESSIONAL STUDIO MONI- 
TORS. Electro -Voice Sentry and Interface 
speaker systems. E -V raw speakers and 
Pro -Music products. BGW amps and 
preamps; HME wireless microphones; 
Otani recorders: Tapco mixers; dbx prod- 
ucts; Shure Pro- Master: Altec monitors: 
and Sennheiser microphones. Strong dis- 
counts- prompt delivery to all U.S.A. and 
foreign destinations. For specific product 
quotes call: (305) 462 -1976. 

CAPITOL Q19 1" mastering tape. New 
1800' 7" reels factory sealed. Cartons of 
12 reels $32.00 per carton. Tape and Pro- 
duction Equipment Co., 2065 Peachtree 
Industrial Court, Suite 215, Chamblee, 
Georgia 30341. (404) 458 -8273. 

AKG, E /V, Sennheiser, Shure, Neuman: 
FOR IMMEDIATE DELIVERY most mod- 
els. UAR Professional Systems, 8535 
Fairhaven, San Antonio, TX 78229. 512- 
690 -8888. 

TASCAM, TEAC, Sound Workshop, 
Technics Pro, Otani, dbx, MXR, Even- 
tide, E -V, Shure, Maxell, Ampex, UREI, 
Stax, Sennheiser, Orban, BGW, Spec - 
tro Acoustics, DeltaLab, NAD, IVIE 
and more! Send for price quotes. 

ZIMET PRO AUDIO, Dept. DB 
1038 Northern Blvd. 
Roslyn, NY 11576 

MAGNETECH SERIES 200 dubber equip 
ment for sale. 4 Turner 4L406 interlock 
motors, 4 Bodine NCH34 sync motors - 
chassis mounted and wired, 4 35mm 
sprockets, miscellaneous hardware. 4 
complete control panels. Contact Chris 
Cafege, Tel -Air Interests, 1755 NE 149 St., 
Miami, FL (305) 944 -3268. 

AMPEX 440B -4 in console with remote, 
mint. (203) 264 -3666. 

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. 

FOR SALE: AUDIO spectrum analyzers, 
crossovers, direct boxes, effects devices, 
graphic & parametric EQ's, guitars & 
basses, amplifiers, limiters, instrument 
tuners, multitrack recorders, mixers, 
poweramps, speakers, guitar pickups & 
strings...almost anything! Low prices. 
Send 150 stamp for price quotes, details 
and specials' flyer. Zalmo Sounds, Box 
791, Far Rockaway, NY 11691. 

Teac & Tascam Multitrack: FOR IMME- 
DIATE DELIVERY. UAR Professional Sys- 
tems, 8535 Fairhaven, San Antonio, TX 
78229. 512- 690 -8888. 

MCI 428 SERIES CONSOLE with Pro- 
ducers desk, 28 -in 24 -out, P +G laders, ex- 
cellent condition, extras. MCI plug -in 
Nontronics 16 track -8 track, heads like 
new, with bridge ready for operation 
$3,000. Call Studio Consultants (212) 
586 -7376. 

NAB ALUMINUM FLANGES. We manu- 
facture 8 ", 101/2", and 14 ". Also large 
flanges and special reels to order. Stock 
delivery of assembly screws & nuts & most 
aluminum audio, video, & computer reels. 
For pricing, call or write: Records Reserve 
Corp., 56 Harvester Avenue, Batavia, NY 
14020. (716) 343 -2600. 

REINFORCEMENT, RECORDING, DISCO 
equipment featuring Electro- Voice, Tapco, 
Numark, Whirlwind, etc. Competitive 
prices with fast competent mail order 
service is our specialty. Write or call Sonix 
Co., Dept. D, Box 58, Indian Head, MD 
20640 (301) 753 -6432. 

INFONICS USED RM 212 high speed reel 
master $1265.00. CM204, $990.00. Both in 
fine running and cosmetic condition. 
F.O.B. Atlanta. Tape and Production 
Equipment Company, 2065 Peachtree 
Industrial Court, Suite 215, Chamblee, 
Georgia 30341. (404) 458 -8273. 

VISITING NYC SOON? 
A limited amount of the New York Sur- 
vival Guide are available -as seen at 
the New York AES Convention. Fea- 
tured are suggested restaurants in 
New York City, in a complete range of 
price categories. Send $1.00 for your 
copy to: 

db Magazine 
1120 Old Country Road 

Plainview, NY 11803 

Lexicon Prime Time: FOR IMMEDIATE 
DELIVERY. UAR Professional Systems, 
8535 Fairhaven, San Antonio, TX 78229. 
512- 690 -8888. 

FOR SALE: OBERHEIM 4 -voice poly- 
phonic synthesizer w /double analog 
sequencer mod. Mint condition, $4,500.00. 
Ampex AD -15 master /4 slave r -to -r 
duplicator, f.t. mono, 2 -tr. stereo, exc. 
condition, $7,000.00. Otani DP- 4050 -OCF 
cassette duplicator (r -to -r master w/6 
slaves) 4 -track stereo, mint condition, 
$5,800.00. Auditronics PEQ -82 program 
eq., mint, $350.00. JRB Studios, 4917 
Cordell Avenue, Bethesda, MD 20014 
(301) 654 -3800. 

FOR SALE: TASCAM Model 10, 12 x 4 with 
acc. 80 -8 with D x 8 noise reduction, 
Sony TC -650 2 -track recorders. Other 
misc., mics., stands, etc. (616) 323 -9410. 

GATELY MICROMIXER...also known as 
Wholesome Audio's "Mom's Apple Pie 
board." All modular, 16/2, plus echo 
send; EQ on each input; VU meters; 
Duncan slide faders; low impedance 
transformer -balanced or Hi -Z micro- 
phone inputs; 20 dB pad switch, plus 
30 dB variable trim pot -used together 
makes any input line level; 600 ohm trans- 
former- balanced outputs; and custom 
road case. $1,800.00. The Speers, Box 
40201, Nashville, TN 37204. (615) 329 -9999. 

USED RECORDING equipment for sale. 
Dan (415) 232 -7933. 

FOR STUDIO or high end sound rein- 
forcement system -JBL 4350A top -of- 
the -line studio monitor speakers. New. 
Mfg. price $3,972. Asking $2,650 plus 
shipping. Also, top end AKAI 570 DII 
cassette deck. Originally $1,200 -will 
sacrifice for $700. Call (201) 569 -7867 
after 7:00 P.M. EST. 

EVENTIDE CLOCKWORKS HARMO- 
NIZER -Model H910, 1 year old, mint 
condition, S1,100.00. Cathedral Sound 
Studios, Rensselaer, New York (518) 
465 -5689, Ask for Carol. 

STOCK CLEARANCE 
REVOX, OTARI, TECHNICS & other 
quality recorders, mixers, headphones, 
mics, pre and power amps, speakers, 
etc. Lists from -Entertainment Sound 
Services, Inc., P.O. Box 66, Madison, 
Ala. 35758. (205) 772 -0251. 



Make your TASCAM Model 5 
sound like a $20,000 studio 
console. 
Simple modification kit, pric- 
ed at only $400' plus $11.95 
for shipping and handling. 
Write or call today. 

nalyticat 
udio, Inc. 

P.O. BOX 8139, Detroit 48213 
(313) 526 -6192. 
Dealer Inquiries Invited 
Price subject to change w/o notice. 

UREI: FOR IMMEDIATE DELIVERY most 
items UAR Professional Systems, 8535 
Fairhaven, San Antonio, TX 78229. 512- 
690 -8888. 

SERVICES 

CUTTERHEAD REPAIR SERVICE for all 
models Westrex, HAECO, Grampian. 
Modifications done on Westrex. Avoid 
costly down time; 3 -day turnaround upon 
receipt. Send for free brochure: Interna- 
tional Cutterhead Repair, 194 Kings Ct., 
Teaneck, N.J. 07666. (201) 837 -1289. 

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

MULTI -TRACK RECORDING specialists 
-1- 2- 4- 8 -16 -24 tracks, authorized dealer 
for Tascam, Otani, Ampex, Teac, Tech- 
nics, AKG, AB Systems. Crest, SAE Pro, 
dbx, Orban, Tapco C12, Audioarts, Loft, 
Lexicon, Ashly Audio, Altec, PAS, PSL, 
Shure, and many more. Single items or 
complete studio packages. Studio design 
and construction. Phone or write for a 
prompt written quotation. Professional 
Sound Labs, Inc., 42 North Franklin St., 
Hempstead, NY 11550. (516) 486 -5813. 

JBL AND GAUSS SPEAKER WARRANTY 
CENTER. Full lines stocked. Instant re- 
cone service, compression driver dia - 
phrams for immediate shipment. New - 
come Sound, 4684 Indianola Ave., Co- 
lumbus, Ohio 43214 (614) 268 -5605. 

AMPEX SERVICE COMPANY: Complete 
factory service and parts for Ampex 
equipment; professional audio; one -inch 
helical scan video systems; video closed 
circuit cameras; instrumentation con- 
sumer audio; professional audio motor 
and head assembly rebuilding. 2201 Lunt 
Ave., Elk Grove Village, IL 60007; 500 
Rodler Dr., Glendale, CA 91201; 75 Com- 
merce Way, Hackensack, NJ 07601. 

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

WANTED EMPLOYMENT 

WANTED: USED RECORDING equipment 
of any kind. Expanding studio will pay 
cash. Dennis Reed, Box 50022, Palo 
Alto, CA 94303 (415) 494 -9344. 

MICROPHONES WANTED for broadcast 
historical archive; Early RCA and West- 
ern Electric models. Contact: James 
Steele, National Association of Broad- 
casters, 477 Madison Avenue, New York 
10022. (212) 759 -7020. 

WANTED: USED RECORDING equipment 
of any kind. Expanding studio will pay 
cash. Dennis Reed, Box 50022, Palo 
Alto, CA 94303 (415) 494 -9344. 

WANTED: PR10 2 -track electronics. Must 
be in good working condition. (408) 
224 -1777. 

BUSINESS OPPORTUNITIES 

MIDTOWN COMMERCIAL PRODUC- 
TION /DEMO studio forced to move. Will 
consider partnership with existing studio 
contemplating expansion, or freelance 
engineer looking for permanent location. 
(212) 575 -0295. 

COMPLETE AUDIO STUDIO package 
available in Tulsa, including MOOG 55 
and 3 module Arp synthesizers, 8 -track 
and 2 -track Ampex recorders with dbx 
units, mixing board and much more. Call 
(602) 488 -3454, or P.O. Box 1316, Care- 
free, Arizona 85377. 

TM PRODUCTIONS /PROGRAMMING 
seeks additional maintenance engineer. 
Degree, five years experience, and famili- 
arity with MCI multi -track gear preferred. 
Send resume to Ken Justiss, Vice Presi- 
dent, TM Productions; 1349 Regal Row; 
Dallas, TX 75247. No phone calls. 

SOUND ENGINEER AVAILABLE -ex- 
perienced and proficient in all aspects 
of professional theatre sound, especially 
systems concepts and design. Past 
experience: engineering services for 
US Gov't., two universities, theme park 
and Philadelphia Bi- Centennial com- 
mittee. Currently president of small 
company offering systems design, con- 
sultation and limited sales. Applicant 
seeking a challenging, creative, respon- 
sible position with manufacturer, dis- 
tributor, retailer or contractor in the audio 
equipment market seeking expertise in 
this area. Possibility for advancement 
highly desirable. Keith Arnett, PO Box 
139, Kingston, NJ 08528; Member AES. 

WANTED: CHIEF ENGINEER for FM /AM 
combination in S.E. Wisconsin. FM is 

50K, Top 40 with new studios...AM is 
500W daytime, partially automated with 
Harris System 90. Knowledge of both is 
essential. Need take -charge person with 
ability for more than just maintenance. 
Send resume to: Ron Richards, Op. Mgr., 
WRKR /WWEG Radio, 2200 N. Green 
Bay Rd., Racine, WI 53405. An equal 
opportunity employer. 
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Microphones g p exl Phonograph Cartridges 
Work with the leaders in the field of consumer and 
professional audio products. known for excellence in 
quality and reliability. 

We offer excellent opportunities for individuals with a 
BSEE or BSME and experience in electromechanical 
and /or electroacoustical transducer design. 

We are expanding and seeking to fill highly visible 
positions in the areas of speaker. microphone and 
phonograph cartridge design and development. 

We offer an excellent starting salary and company 
benefits as well as an ideal location in a Chicago North 
Shore suburb known for its superb educational and 
cultural environment. 

Send your resume in confidence or call: 
Jack Shea (312) 866 -2236 

Shure Brothers Inc., 222 Hartrey Avenue, Evanston, Illinois 60204 
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People/Places/Happenings 

Resulting from an increased need 
for field training and product application 
in the Language Lab Systems Market. 
Telex Communications. Inc., Minne- 
apolis, MN. has appointed Robert E. 

Krolow to the newly created position of 
system sales manager for the company's 
audio visual products group. In addition. 
Steven R. Henriksen has been named 
director of customer service and tech- 
nical training: responsible for conducting 
service training seminars, both domes- 
tically and internationally. for the 
company's aviation, audio- visual and 
broadcast professional audio product 
groups. Mr. Henriksen will also provide 
technical support and emphasize both 
preventive and corrective service training 
for technicians at the institutional and 
user level. 

Recent additions to the staff of Philips 
High Fidelity Laboratories, Ltd., Fort 
Wayne, Ind., include: Dick Quaid as- 
signed to the position of national sales 
manager; Johan Koppier named product 
manager; and Ed Williams appointed ad- 
vertising/ public relations coordinator. 
Mr. Quaid was formerly the national 
marketing manager for the market intro- 
duction of Magnavision, from Magna- 
vox. Mr. Koppier was previously in 
audio product management at the Mag- 
navox Consumer Electronics Company, 
and Mr. Williams was most recently a 

member of the advertising staff of Mag- 
navox. 

Recordex Corporation, formerly 
located in Northwest Atlanta, has 
moved its manufacturing and national 
headquarters to new and larger facilities 
in Marietta, Georgia. The new address 
is: 1935 Delk Industrial Blvd., Marietta, 
Georgia 30067. Telephone: (404) 955 -7368 

Marking the culmination of a major 
ii e -year engineering effort. National 
Public Radio has begun program trans- 
mission via Western U nion's Westar 1 

satellite. Earth terminals. provided by 
Rockwell /Collins, will be operating at 
NPR member stations in Oregon, Wash- 
ington and Utah. as well as the main 
origination terminal in Bren Mar, Vir- 
ginia which is shared with the Public 
Broadcasting Service. 

Queen Village Recording Studios, 
Philadelphia. PA. has named Joe Cam- 
pellone general manager of the studio. 
Before joining the Queen Village staff. 
Mr. Campellone handled sales, market- 
ing and merchandising for Dominion 
Music, and was in charge of their East 
Coast operation. Elsewhere at Queen 
Village. Wally Hayman has been pro- 
moted to studio manager. overseeing all 
studio operations and acting as liaison 
for ad agency business: and new to the 
staff is engineer Bill Olszewski. Also. 
the studio has recently installed a 40 -track 
Neve recording console. in addition to 
their 24 -track facility. Busy times at 
Queen Village. 

Recently relocating from Beaverton 
to Portland. Oregon. Biamp Systems, 
Inc. has more than tripled the size of its 
production facilities. Biamp's new ad- 
dress is: 9600 S.W. Barnes Road. Port- 
land, Oregon 97225. Telephone (503) 
297 -1555. 

Jay A. Clark has been appointed direc- 
tor of public relations for Ampex Cor- 
poration, Redwood City, CA. Prior to 
joining Ampex. Mr. Clark served as 
manager of media relations at Rockwell 
International Corporation, Pittsburgh. 
Pennsylvania. 

Providing professional exhibit design. 
audio visual. copywriting and promo- 
tional services to commercial, political. 
industrial, financial and international 
organizations, a new multi -media com- 
pany. Show -Off International, Ltd., has 
been formed. Headed by Ronald K. 
Chedister, veteran audio visual designer. 
the firm is located at: 6870 Elm Street. 
McLean, Virginia 22101. 

Two recent additions to the staff at 
Martin Audio/ Video Corporation, 
New York City, were: Gordon L. Clark 
as technical manager; and William H. 
Dexter to the pro audio sales depart- 
ment. Promoted to the position of service 
manager, at Martin, was Tim Holmes. 

Barry Evans has been appointed 
national sales manager of the Revox 
division of Studer Revox America. 
Mr. Evans brings with him, varied 
experiences from Fuji tape, Akai and 
Uher recorder sales. 

A number of top level management 
positions have been filled at Cetec Gauss, 
North Hollywood. CA. Larry Phillips 
has been named marketing director for 
loudspeaker products; Jim Williams, 
formerly quality assurance manager for 
Cetec Gauss products. has been ap- 
pointed director of engineering for the 
company; Jerry Fisher, previously af- 
filiated with ('BS as manager, process 
engineering, tape duplication operations, 
has replaced Mr. Williams as quality 
assurance manager; Walter Dick, for- 
merly with JBL as manager. trans- 
ducer engineering, is the new chief 
engineer for Cetec Gauss loudspeaker 
products; and Bart Bingaman has been 
named chief engineer. duplicator products. 

N. Sakoda has been appointed to the 
position of director and president of US 
JVC Corporation, a wholly owned sub- 
sidiary of Victor Company of Japan, 
Ltd. Mr. Sakoda succeeds Mr. S. Hori. 
who will be assuming new responsibilities 
at Victor world headquarters in Tokyo. 
Previously. Mr. Sakoda was general 
manager of the export administration 
division at Victor headquarters. 

Responsible for sales training and con- 
ducting consumer seminars. Peter Hoag- 
land has been appointed manager of 
customer service at Signet, a division of 
A -T U.S. 

In an expansion move. Ferro0uidics 
Corporation has relocated its corporate 
facilities. The company's new address is: 

40 Simon Street. Nashua. N H 03061. Tel- 
ephone: (603) 883 -9800. 

Bruce Scrogin has been promoted to 
the position of vice president for inter- 
national sales at James B. Lansing 
Sound, Inc., Northridge. CA. A member 
of the JBL marketing team since 1972, 
M r. Scrogin recently served as director of 
the international division. In addition. 
Nina Stern has been promoted to the 
position of public relations manager 
at .1BL. 

Relocating into larger premises. Tweed 
Audio (USA), Inc., has moved their USA 
office to: 4545 Industrial Street. Suite 
5 -E. Simi Valley. CA 93063. Telephone: 
(805) 527-6854. 



If Technics RS -1500 meets 
the high standards of A &M Records, 
why did we improve it? 

After the music is recorded, and before it becomes a 
record, how do the top executives of A &M Records listen to 
Peter Frampton, Chuck Mangione, and their other stars? 
On the Technics RS -1500. Why? Because of its outstanding 
frequency response, constant tape speed and low wow 
and flutter. In fact they were so impressed, A &M Records 
bought seven more. 

Now, with Technics RS -1520, you can have the same 
performance A &M Records has with the RS -1500, plus these 
extra features studios want. Like adjustable front panel 
bias and equalization controls. A lkHz/ 10kHz test -tone 
oscillator for accurate equipment checks. The precision of 
ASA standard VU meters with a + 10dB sensitiaity selector. 
A Cue /Edit switch for quick, safe edits. And balanced 
low- impedance, XLR -type output connectors to match other 
widely used broadcast and studio equipment. 

Like all our open reel decks, the RS -1520 has Technics 
"Isolated Loop.' tape transport system. By isolating the tape 
from external influences, our "Isolated Loop" minimized 
tape tension to a constant 80 grams. This not only provides 
extremely stable tape transport and low head wear, 
it also reduces modulation noise to the point wiere it's 

detectable only on sophisticated testing equipment. 
Electronically, the RS -1520 is equally sophisticated. 

And the reasons are as simple as IC full -logic controls. 
A highly accurate microphone amplifier. FET mixing amplifier. 
And separate 3- position bias /EQ selectors. 

The RS -1520. It meets the high standards of A &M Records 
for the same reasons the RS -1500 does: FREQ. RESP.: 

30- 30,000Hz, ± 3dB ( -10dB rec. level) at 15ips. WOW 
& FLUTTER: 0.018% WRMS at 15ips. S/N RATIO: 60dB (NAB 
weighted) at 15ips. SEPARATION: 50dB. START-UP TIME: 0.7 
secs. SPEED DEVIATION: ±0 1% with 1.0 or 1.5 mil tape at 
15ips. SPEED FLUCTUATION: 0.05% with 1.0 or 1.5 mil tape 
at 15ips. PITCH CONTROL: ± 6%. TRACK SYSTEM: 2- track, 
2- channel recording, playback and erase. 4- track, 2- channel 
playback. 

RS -1520. A rare combina-ion of audio technology. A rare 
standard of audio excellence. 

Technics 
Professional Series 
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Send us the coupon and we'll rush you a free Coronado Console 
cutout you can build yourself. (Pictured above) 

O The Better Boards 
Quad -Eight Electronics /Quad -Eight International, 11923 Vose Street, North Hollywood, California 91605, 12131 764 -1516 Telex: 662 -446 

Please rush me your Coronado Automated Console 
literature and a free Coronado Console I can liuild myself. 
Have a sales engineer call me so we can get down to 
business. 
Please send me your beautiful brochures and a free 
Coronado Console l can build myself. Don't contact me, 
I'm just looking. 
I'm an artistic engineer. Please send me my free Coronado 
Console. 

Name: 

Company - 
Address 
City: State- Zip 
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