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ecause of quality that delivers 
unmatched reliability. Because 
Otari designed this machine to 

go to work—overtime. Because it 
offers the performance and features 
of machines which cost more than 
twice as much. Because of ingenious 
production technology and intelligent 
design decisions from the manufac¬ 
turer of the most comprehensive line 
of professional tape machines in the 
world. 

All this comes for less than S2500. 
The Otari 5050B can ease your , 

production burdens while assuring 
your banker its return on investment. 
You can also avoid the hassles of a 
used or rebuilt machine with The New 
Workhorse. 

It s a tough act to follow—but we re 
doing it. Keep in touch and check out 
the 5050B at your nearest dealer. 

Dollars for dB's, it s the best tape 
recorder made. 

The New Workhorse 

30330 
Otari Corporation 
1559 Industrial Road 
San Carlos. CA 94070 
(415) 592-8311 

In Canada: 
BSR (Canada. LTD.) 
PO. Box 7003 
Station B 
Rexdale. Ontario M9V 4B3 

It's The Best Selling 
Professional Tape Machine 

in The World. 



Coming 
Next 
Month 
• In November, we take a look at some 
Good Engineering Practices related to 
the care and feeding of master tapes. The 
data comes to us from a recent SPARS 
survey of member studios. 

Also a look at the preparation of test 
tapes, a quick-reference to what’s avail¬ 
able from four test tape manufacturers, 
an introduction to Otari’s multi-track 
tape recorders, a tutorial on RMS,and 
ways to correct digital tape errors. 

All this in the November issue of db— 
the Sound Engineering Magazine. 

About 
The 
Cover 
• BT Express, a rhythm-and-blues group, 
is shown here testing the 3M Digital 
Mastering Systems at New York’s Sound 
Ideas Studios. Chief engineer Jim Mc¬ 
Curdy is punching in the 32-track 3M 
digital recorder via its remote console. 
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SERIES III 
+ COMPATIBILITY 

Series I I and HIS precision pick-up 
arms are suitable for all cartridges 
having J"fixing centres, weighing not 
more than 1 2 grams and requiring a 
tracking force not higherthan 2.5 
grams. They are adaptable to suit the 
mass and compliance of the 
cartridge, which may employ a 
moving coil, moving iron, moving 
magnet or any other generating 
principle. 

Series 111 arms are true low mass 
designs with headroom to increase 
effective mass as desired whereas 
with high mass arms reduction is 
generally impracticable. 

We shall be pleased to send you 
information sheet No. 24 which tells 
you how to adjust effective mass to 
suit your cartridge. It could make all 
the difference to your istening. 

The best pick-up arm 
in the world 

Write to Dept 1 861 .SME Limited, 
Steyning, Sussex, BN4 3GY, England 

Exclusive distributors for the U S: 
Shure Brothers Incorporated, 
222 Hartrey Avenue, Evanston, 
Illinois 60204 

and in Canada: 
A. C. Simmonds and Sons Ltd, 
975 Di'lingham Road. Pickering, 
Ontario, L1W382 
<D ---

^Letters 

To The Editor: 
1 would like to comment on John 

Diamond’s presentation at the AES Con¬ 
vention concerning human response to 
digital recording and Nelson Morgan's 
review of Dr. Diamond's presentation. 

No one is questioning the value of true 
scientific research. On the other hand, 
many of the most significant discoveries 
in science have come about as a result of a 
human experience which could not be 
explained by available knowledge at the 
time. As a professional in the field of 
music reproduction, 1 have experience 
with high quality analog recording sys¬ 
tems of different types and have had the 
opportunity to work with some of the 
more advanced digital systems on the 
market. Even a person with “untrained” 
ears can easily hear that there are a num¬ 
ber of analog recorders which are more 
accurate in reproducing the line level sig¬ 
nals fed through them than any digital 
recorder available. It is true that most 
analog recorders are noisier than digital, 
but it is possible to make analog re¬ 
corders which meet or exceed each 
meaningful parameter offered by digital 
recording techniques available at this 
time. The big advantage of the digital 
process is expediency, not performance, 
and as such it has tremendous commer¬ 
cial appeal. It is the opinion of many in¬ 
dividuals, including myself, that digital 
technology has great promise but needs 
much further development in order to 
have its significant potential realized. 
One of the questions is, how do we tell 
when digital technology is good enough 
to accept and utilize? 

A number of my associates and I have 
experienced headaches and other dis¬ 
comfort while working with program 
material recorded digitally in patterns 
that suggest problems in that technology. 
Furthermore, the dealers and distribu¬ 
tors for my company’s products through¬ 
out the world and their customers also re¬ 
port in many cases similar feelings of ir¬ 
ritation and discomfort when listening to 
digitally recorded material. Certainly, 
this is not scientific evidence. However, 
the sum of information available to me 
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“I listened to them all... 
and nine times out of ten, 
with our artists, the best 
microphone was the SM81” 

NW 

Send for our brochure 

SM81 Cardioid Condenser Microphone by 

Dennis Hetzendorfer, 
Staff Engineer 
“The true sign of a really excellent microphone is 
that it can maintain its high performance, session 
after session after session. Here at Criteria, 
when the situation permits, several different 
microphones are set-up at each instrument,with 
out the engineer knowing which mike is exactly 
where. We then fade from mike to mike and let 
our ears find out which is best for each applica¬ 
tion. Nine times out of ten, with our artists, the 
best microphone has been the SM81. 

“The switchable bass rolloff and pad (a built-in 
10 dB attenuator) gives the SM81 incredible ver¬ 
satility. We can use it with bass drums and cym¬ 
bals, as well as with acoustic guitars. In fact, all 
the acoustic guitar segments on the Bee Gees' 
Spirits Having Flown album were recorded with 
theSM81. 

Criteria 
Recording Studios, 
Miami, Florida 

“The SM81 really changed our minds about the 
ruggedness of condenser microphones. It s a 
precision piece of equipment, but it’s durable. 
You don't always think about a studio micro¬ 
phone needing durability...after all, we don't 
have the rough handling problems encountered 
in concert recording. But, when you have a repu¬ 
tation as one of the most technically exacting 
studios in the country, you appreciate how many 
little things can subtly affect the sound of a deli¬ 
cate condenser microphone. The SM81 sounds 
good every time we use it...and, at Criteria, as in 
any good studio, we just can't afford to have a 
microphone we can't depend on. 

"We've used the SM81 on recording sessions 
with the Bee Gees and Kenny Loggins and you 
can be sure there will be more. 

“It's one great mike!" 

Shure Brothers Inc . 222 Hartrey Ave.. Evanston, IL 60204. In Canada: A. C. Simmonds & Sons Limited. 
Outside the U.S. or Canada, wrte to Shure Brothers Inc.. Attn: Deol J6for informaron on your local Shure distributor. 

Manufacturers of high fidelity components, microphones, sound systems and related circuitry. 
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All Wireless 
Microphones Are 
Not Created Equal 

This One is a 

"Telex 
Wireless mies aren't new, and sometimes it seems as if all 
systems are basically the same. However, Telex and its 
Turnerand Hy-Gain divisions have combined their 100 years 
of cumulative experience in microphone, antenna and rf 
development to produce a DUAL DIVERSITY WIRELESS 
SYSTEM THAT COSTS AS LITTLE AS SINGLE ANTENNA 
INSTALLATIONS. The FM receiver can be operated with 
one or two antennas. When two antennas are used, a unique 
automatic phase summation network (patent applied for) pro¬ 
vides superb dual diversity reception. 

TheTelex wirelesssoundsas good as a hard wired mic, offers 
plenty of options and is economically priced. If you're inter¬ 
ested in a wireless system that is more than equal—write us 
today for full specifications. 

Quality products for the audio professional 

TELEX COMMUNICATIONS, INC. 
’9600 Aldrich Ave So Minneapolis, MN 55420 USA 

Europe 22 rue de la Légion d'Honneur. 9320Q St Dpnis, France 
C irde 26 on Reader Service C ard 

at this time indicates that there is more to 
this than is commonly understood or 
accepted. 

One of the problems in today’s world 
is that music, which is essentially an art. 
has also become an industry loaded with 
economic objectives and financial para¬ 
meters that are not always in harmony 
and in fact are frequently in direct oppo¬ 
sition to the interests of musicians and 
music lovers. As a musician who also 
happens to be President of a $3 million 
company. I am aware of many of the dy¬ 
namics of this problem. The question is. 
when we die and are gone, what will we 
have contributed to this world? My per¬ 
sonal and professional experience has 
made it very clear to me that digital in its 
present form is a totally unacceptable 
compromise as a medium for recording 
music and that any person w ho cares to 
contribute to music reproduction must 
face this fact. It is only by facing the truth 
that we can really make progress. 

Mark Levenson 
President 
Mark Levenson 
Audio Systems. Ltd. 

db replies: 
For the moment, we do not all agree 

on a standard direction in which "truth " 
may he found. We suspect that many 
readers will not agree “that digital in its 
present form is a totally unacceptable 
compromise. ” What about it readers— 
What do you think? (For every letter we 
print in our upcoming digital audio issue, 
we 7/ send a complimentary subscription 
or renewal.) 

To The Editor: 
1 noticed with a bit of wry humor that 

you carried two advertisements for “The 
Recording Studio Handbook.” I'm not 
sure the “Third Big Printing" or the 
“Fourth Big Printing" will draw the most 
response but it got a chuckle from me. 
Perhaps the ad department can get its 
act together later on. ( Free subscription?) 

Mind you, your magazine isa breath of 
fresh air over here in Swaziland where 
anything of a technical nature is from the 
good old U.S.A. We are watching with 
interest for your coming articles on 
studio design for radio since with our 
expansion, more studios are probably in 
the works. (We presently have three 
control room studios forcombo produc¬ 
tion of radio programming.) 

One parting question: I'm wondering 
why the big recording studios seen in 
DB never seem to be using the pressure 
zone microphones? Perhaps 1 missed the 
point of the past articles, but 1 gather 
they are limited to mostly stage usage. 
In recording African music in bush 
(i.e. no power etc.) situations, it would 
be nice if these pressure zone units would 



work out. Acoustics are usually cement 
floor and walls with steel roofs with al! 
the reverb you want and then some. Close 
miking helps and then reverb is mixed 
afterward. If pressure zone units would 
help, it'll be worth a try. 

On the point of African music record¬ 
ings (their musical instruments), we are 
in contact with someone who is an expert 
with several records to his credit and if 
you are interested 1’11 send you the info 
later. This is not some amateur but part 
of a society specializing in the study of 
African musical instruments, etc. 

Anyway, enough of your time. 
Calvin Donner 
Trans World Radio 
Manzini. Swaziland 

db replies: 
Thanks for the good word about db. 

While wed like to say that the book is 
selling so fast that mt went from the third 
to the fourth printing in one issue, it was 
in fact a mistake. As to your PZM ques¬ 
tion. mt passed that onto Crown. You 
will find their reply printed below. 

1 do not know why the big recording 
studios discussed in db magazine do not 
yet seem to be using the pressure zone 

microphones. The reports we receive 
from the field show that their use is grow¬ 
ing every day. The use of PZM ’s to record 
albumsis growing atan even greater rate. 
They are new and their appearance in 
these articles is just a matter of time. 

Your second question concerning the 
recording of African music isa little more 
difficult to answer. At first, three sugges¬ 
tions come to mind. One is to place a 
PZM in the random incidence field and 
shape the pattern of the PZM with acous¬ 
tical foam. This would help to remove 
the wave coming off the back wall and 
ceiling and also help to remove inverted 
reverb. 

The second would be to place the PZM 
on a hard plastic boundary (2-ft. square 
plate, or something similar) and move it 
into the direct field for close miking. By 
adjusting the placement of the PZM you 
will get more or less reverb from the 
building. This may be the most useful to 
you and may make it easier to get the re¬ 
cording you want. 

My third suggestion would be to try a 
new PZM configuration which mounts 
in a corner. These PZM ’s use more than 
one boundary. This will help to lower the 
reflection from either 2 or 3 surfaces, thus 
lowering the reverberation in your re¬ 
cording. 

At the present the corner-mount 
PZM’s are only available from Wahren-
brock Sound Association; all other 

PZM’s are from Crown International. 
If you have further questions, please 

feel free to contact me. 
Dennis L. Badke 
Sales Engineer/ 
Training Coordinator 

To The Editor: 
First my compliments to Dr. Blesser 

on his excellent articles about digital 
audio. There is, however, one area in 
the sampling installment 1 would like to 
comment upon, regarding his discussion 
of ‘Nyquist Frequency’ (in the August 
issue- Ed.). One could get the impres¬ 
sion that the ‘Nyquist’ defines an ideal 
or optimum sampling rate, while in fact 
it defines a minimum sampling rate for a 
given bandwidth. The choice of 40kHz 
or 44kHz sampling rates was highly 
motivated by cost as higher sampling 
rates would be very expensive (today at 
least). A 44kHz rate will be acceptable 
because our ears don’t recognize accurate 
reproduction of 20kHz sine waves, if 
they require any reproduction at all. 

John H. Roberts 

db replies: 
Quite right—the Nyquist rate is the 

lowest-possible sampling rate, and is 
equal to twice the highest audio fre-

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

The BTX Corporation 1438 Boston Post Road, Weston, Massachusetts 02193 • (617) 891-1239 
16255 Sunset Boulevard, Hollywood, California 90028 • (213) 462-1506 

Circle 24 on Reader Service Card 

IfS CD 

db October 1980 



d 
b 
Oc
to
be
r 
19
80
 

Sound Reinforcement? 

Tunner 
More! 

Turner sound reinforcement microphones allow the audio profes¬ 
sional the wide selection he needs to find just the right microphone 
for each installation. Whether the selection is based on styling, 
size, mounting, directional pattern or cost there is a Turner micro-
pone to fit any application. And it doesn't stop there. Turner offers 
a complete selection of stands, transformers, replacement trans¬ 
ducers and microphone cables. There is a quality Turner sound 
reinforcement microphone with features to meet the following 
application requirements: 
• Cardioid • Omnidirectional • Multi-port Cardioid • Gooseneck 
mounted • Handheld • Lavalier • On-off Switch • Locking Switch. 
And, that’s only the beginning. Turner has a full line of paging 
microphones as well. Turner does have more, and now, with the 
additional product development strength of Telex Communications. 
Inc., there will be even more to come. 

Quality Products for The Audio Professional. 

TELEX TURNER 
TELEX COMMUNICATIONS. INC. 

9600 ALDRICH AVE SO . MINNEAPOLIS MN 55420 USA 
EUROPE: 22 rue de la Legion-d Honneur 93200 St Dems France 

quency which the system must he capable 
of passing. On the other hand, the 
optimum sampling rate is a function of 
many variables, including cost, com¬ 
patibility, the competition, etc. In a 
future column, Dr. Blesser will discuss 
the choice of a sampling rate in greater 
detail. 

To The Editor: 
Remember those wonderful Wollen¬ 

sacks? Back at WGBH we used them by 
the handful for auditioning and office 
listening. They were rugged, dependable 
and delivered damn good quality. They 
were also built to last. 

At one point 3M bought the company, 
but I have not been able to find parts for 
a 1-1500 anywhere. Perhaps you know of 
a place or maybe your readers can help. 
There must be hundreds of these ma¬ 
chines sitting around waiting to go back 
into some kind of service for want of a 
small part or two. 

Roberi D. Carey 

Zip 

Name_ 
Institution 
Street_ 
City_ 
State _ 

db replies: 
3M recommends contacting Chicago 

Tape Recorders Specialists. 4226 W. 26th 
St.. Chicago. 111. 60623. Tel: 312-522-0500. 

publication is 
available in 
microform 

Please send me additional information. 

University Microfilms 
International 

300 North Zeeb Road 
Dept. P.R. 

Ann Arbor, Ml 48106 
U.S.A. 

18 Bedford Row 
Dept. P R. 

London, WC1R4EJ 
England 
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^Calendar 

OCTOBER 

30 Society of Professional Audio 
Recording Studios — Audio 
Recording Conference III. Doral 
Inn, New York, NY. For more in¬ 
formation contact: M. Rosenberg, 
SPARS Administrator, 215 South 
Broad Street. Philadelphia. PA 
19107. Tel: (215) 735-9666. 

29-30 Kentuckiana 6th Biennial Sound 
& Communications Seminar. Ra¬ 
mada Inn Northwest, Indianapo¬ 
lis, Indiana. For more informa¬ 
tion contact: Tony Monfort, P.O. 
Box 40905. Indianapolis, Indiana 
46240. Tel: (317) 849-5726. 

31- AES 67th Convention. Waldorf-
Nov. Astoria Hotel, New York, NY. For 
3 more information contact: Auoio 

Engineering Society, Inc., 60 E. 
42nd St.. Rm. 2520, New York. 
NY 10165. Tel: (212) 661-8528. 

NOVEMBER 
9-14 Society of Motion Picture & Tele¬ 

vision Engineers—122nd Confer¬ 
ence Equipment Exhibit. Hilton 
Hotel, New York, NY. For more 
information contact: SMPTE.862 
Scarsdale Ave., Scarsdale, NY 
10583. Tel: (914) 472-6606. 

11-13 Synergetic Audio Concepts Semi¬ 
nar— Sound Engineering and 
Acoustics. Dana Point Marina 
Inn. Dana Point, CA. For more 
information contact: Synergetic 
Audio Concepts, P.O. Box 1115. 
San Juan Capistrano, CA 92693. 
Tel: (714) 496-9599. 

20-23 Billboard's 2nd International 
Video-Music Conference. Sher¬ 
aton-Universal Hotel, Los An¬ 
geles, CA. For more information 
contact: Nancy Falk. Billboard. 
9000 Sunset Blvd., Los Angeles, 
CA 90069. 

MOVING? 
Send in your 
new address promptly 
Enclose your old 
db mailing label, too. 

Write to 
Eloise Beach, Circ. Mgr. 
db Magazine 
1120 Old Country Rd. 
Plainview, N.Y. 11803 

Live and help live 
Innocent children all over the world are 
dying before their time. They are fighting 
cancer and other killer diseases that have in¬ 
vaded their young bodies. Won’t you help 
St. Jude Children’s Research Hospital so 
these children can live? 

Please send your tax-deductible gift or write 
for more information to 539 Lane Avenue, 
Memphis, Tennessee 38105. 

Give and help live. 

Danny Thomas, Founder 

ST. JUDE CHILDREN'S 
RESEARCH HOSPITAL 

BIGGER PROFITS 
PROVEN PRODUCT 
VAST MARKET 
AEI Foreground Music offers substantial new 
opportunities for increasing your sound contracting 
business and your cash profits. Our program combines 
high-profit equipment sales, continuing monthly 
music residuals, warranted equipment, and satisfied 
customers. We’ve got the whole package — and the 
best one. Just send us the coupon for our free 
literature on how easy it is to become a well-paid 
AEI dealer. 

Audio Environments Inc. 
619 East Pine Street Seattle, Washington 98122 206/329-1400 

I want to know more about the AEI Foreground Music program. 

name 

address 

city state zip 

FOREGROUND MUSIC 
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Recorders 

Consoles 

wm SMPTE 
w\i\ Automation 

And over 55 lines including: 
AKG, Ampex, Annis, Aura¬ 
tone, Beyer, BGW, DBX, 
Deltalab, ElectroVoice, 
Eventide, Gauss, Ivie, JBL, 
Klipsch, Koss, Leader, Lex¬ 
icon, Master Room, MRL, 
Neumann, Orban, Otari, 
Revox, Roland, Sequential 
Circuits, Scotch, Senn¬ 
heiser, Shure, Sony, Sound 
Workshop, Stanton, STL, 
Tangent, Tapco, Tascam, 
Teac, Technics, UREI, Vega 

MKXIUDIO b 
Professional Audio Equipment and Services 

(206) 367-6800 
11057 8th NE, Seattle, WA 98125 

BARRY BLESSER_ 

Digital Audio 

• For the next few articles in this series, 
we will turn our attention to the actual 
circuits which are used to perform 
digitization of audio. Some of these 
circuits are extremely complex. Never¬ 
theless, we need to understand their 
inner workings in order to properly 
select and evaluate them. A design 
engineer will always buy circuit modules 
from a specialty manufacturer rather 
than build them from discrete parts. The 
single most critical module is the DAC 
(digital-to-analog) converter, which 
accepts a digital word as input and 
produces a corresponding analog voltage 
or current. Interestingly enough, the 
same DAC module forms the heart of the 
A/D converter as well as the D A 
converter. 

THE DAC MODULE 
There are many different circuit 

configurations for producing the DAC 
function, but they all consist of precision 
voltage or current sources which are 
switched on or off by the input digital 
word. For an N-bit DAC. there will be N 
sources; each having a ratio of 2:1 to the 
neighboring source. Figure I showshow 
a 5-bit unipolar DAC is made using 5 
resistors with values R, 2R, 4R, 8R and 
16R. When a switch is closed, the voltage 

Vntr 

Figure 1. Current mode DAC with binary-
weighted resistors for controlling the 
current into a summing junction of an op 
amp. 

across the corresponding resistor will be 
Vref, since the summing junction of the 
OP amp is at 0 volts. Adjacent resistors 
and therefore, currents—have a binary 
ratio. For example, the least significant 
switch (bit 4) producesan output of V/32 
since the effective gain is the ratio of the 
feedback resistor, R/2, to the input 
resistor, I6R. The next switch produces 
twice the output, V/16, since its resistor 
is 8R. We can represent the full output 
by the following equation: 

Vou, = (bit 0) « V/2 + 
(bit 1) » V/4 + 
(bit 2) « V/8 + 
(bit 3) « V/16 + 
(bit 4) « V/32 

The table in Figure 2 shows the 
voltage output for the corresponding 
digital word input (switch states). 

Digital 
Input 

00000 
00001 
00010 
00011 
00100 
00101 
00110 
00111 
01000 
01001 
01010 
0101 I 
01100 
01 101 
01 I 10 
01111 
10000 
10001 
10010 
10011 
10100 
10101 
10110 
1011 I 
11000 
11001 
11010 
HOI I 
11 100 
11 101 
II110 
Illi I 

Analog Output 
(Unipolar) 

0/32 V 
1/32 
2/32 
3/32 
4/32 
5/32 
6/32 
7 32 
X 32 
9/21 
10/32 
II 32 
12/32 
13/32 
14 32 
15/32 
16 32 
17/32 
18/32 
19/32 
20, 32 
21 32 
22/32 
23/32 
24/ 32 
25/32 
26/32 
27/32 
28 32 
29/32 
30/32 
31/32V 

(Bipolar) 

1,2 V 
15/32 
14 32 
13 32 
12 32 
11/32 
10 32 
9 32 
8/32 
7 32 
6 32 
5 32 
4 43 
3/32 
2 32 
I 32 
0 V 
I 32 
2 32 
3 32 
4 32 
5/32 
6/32 
7, 32 
8/32 
9 32 
10/32 
11/32 
12/32 
13/32 
14/32 
15 32 V 

Notice that this DAC is unipolar. To 
make it bipolar for audio, the range is 
offset by V/2, as shown in the upper part 
of Figure I. where an offset resistor of 
value R is connected to + V ref. This 
subtracts a voltage V/2, producing the 
bipolar outputs also given in Figure 2. 
Note that the range is not quite sym¬ 
metric, since there are an even number 
of states, but 0 volts is one of the positive 
voltages. There are 16 negative non-zero 
states but only 15 positive non-zero 
states. The range could be made sym¬ 
metric if the offset were 31 /64 V. Then 
the most negative output would be 
31 /64 V and the most positive would be 

+ 31/64 V, but there would be no state 
corresponding to exactly 0 volts. Since 
audio is an AC signal, this difference is 
irrelevant. 

For large numbers of bits, there is a 
serious difficulty with this DAC. Con¬ 
sider the extreme case of a 16-bit device: 
the ratio of the largest-to-smallest 
resistor is 2 16 = 65,536. If the smallest 
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Introducing the Crown PZM, 
the second major advance in 
microphones in 100 years. 

In 1876, Bell invented the first 
microphone. 
Crown now announces the second 
microphone - the PZM.™ 
During the last century, microphones 
have been much improved, but they 
still employ Bell's basic concept: a 
movable diaphragm connected to a 
transducer, the whole assembly 
intended to be stuck out in the air 
somewhere near the sound source. 
Comb filtering is a side effect of that 
design that cannot be eliminated. 
Every Bell-design microphone dem¬ 
onstrates frequency response anom¬ 
alies because of an inability to satis¬ 
factorily combine direct and reflected 
signals. Phase-induced amplitude 
cancellation and reinforcement are 
the inevitable result. 
Crown PZM microphones eliminate 
comb filtering from the primary boun¬ 
dary because they detect sound 
according to a new principle, the 
Pressure Recording Process.™ As a 
sound wave approaches a boundary 
(wall, table, floor) a pressure field four 
or five millimeters deep forms at 
the boundary, within which the direct 
signal and its reflection from the 
boundary add coherently and remain 
in phase. 
The Crown PZM™ places a small 
pressure transducer into the primary 
boundary pressure zone, eliminating 
the possibility of phase-induced inter¬ 
ference. The PZM concept thus 
provides a significant improvement in 
signal quality. Its small profile also 
improves microphone aesthetics. 
The PZM pickup pattern is hemi¬ 
spheric, with no “off-axis" position. 

Singers and speakers can move 
more freely around the PZM. Gain 
related to distance will change, but 

not tonal quality. 
The PZM responds accurately to SPL 

up to 150dB. You can put it right 
inside a drum, a bass fiddle, or a piano. 
The PZM hears whispered conversa¬ 
tions in an ordinary room at thirty feet. 
In certain situations where undesired 

ambient noise can't be eliminated, 
or in halls with poor acoustics, the 

PZM probably should not be used - it 
will pick up everything. 

Singers, orchestra conductors, pia¬ 
nists, percussionists, broadcasters 

have all tried - and praised - the PZM. 
Recording engineers find that the 
PZM suggests new miking tech¬ 
niques. For small groups it now 

seems that the best place for a PZM 
is on the floor! Recording and rein¬ 
forcement may well require fewer 

PZM mikes. 
Several PZM models are now avail¬ 
able. including a clip-on and recessed 

model for permanent installation. 
The PZM is changing ideas about 
how a microphone ought to sound, 
look and be used. Find out for your¬ 
self how it might improve your own 

recording or reinforcement systems. 
Write for information on the PZM. 

Or call us at 219/294-5571. 

Qcroujn 
1718 W. Mishawaka Road. Elkhart. Indiana 46517 

Innovation. High Technology. American. That’s Crown. 
PZM. PZMicrophone and Pressure Zone Microphone 

are trademarks of Crown Internationa 

CROWN INTERNATIONAL 
1718 W. Mishawaka Road. Elkhart. IN 46517 
(Mail this coupon to Crown.) Send PZM info. Hurry! 

Name 

Company 

Address 

City ___ State _ _ Zip 

Phone_ 
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Now from 
Eventide 
the almost 
invisible 
delay line 

It doesn't take up much room 
in your rack—or in your 
budget. And because it’s dig¬ 
ital, it has a frequency re¬ 
sponse of 12 kHz and a 
dynamic range of 90 dB atany 
delay setting, so it’s almost in¬ 
visible in use. 

Applications 
Sound reinforcement, for multiple speakers or 
clusters (tamper-proof panels available), signal 
' doubling", pre-echo delay, realistic echo effects 

Specifications 
CD254 Delay Line - 1 input, 2 outputs. 254 msec 
of delay, set by internal switches. 
J J193 Delay Line - 1 input. 4 outputs. 510 msec. 
1.022 sec. or 2.046 sec of delay, set in 2 msec 
steps by front-panel DIP switches 
Frequency response 12 kHz. 
Dynamic range 90 dB 
Distortion less than 0.2% at 1 kHz. 
Size: 19” rack mount, 1 -V high, 9" deep. Weight: 
4.4 lbs. Power consumption 10 watts maximum, 
in any delay configuration. 

Pricing 
CD254 $895.00 
JJ193 510 ms $1195.00 

1.022 sec $1395.00 
2.046 sec $1795.00 

Eventide 
Eventide Clockworks Inc. 
265 West 54th Street New York NY 10019 
Tel: (212) 581-9290 
Cables: Eventide New York 

resistor is Ik, then the largest is over 
65 M ohms. Therefore, if the largest 
current is 2 ma., the smallest current 
is 30 nanoamps. 
This would be almost impossible to 

implement because of leakage currents, 
distributed capacitance, switch errors, 
and other defects. Another type of circuit 
configuration is thus preferred for high 
quality DACs. This uses a special 
resistive network called an R-2R ladder, 
as shown in Figure 3. This has the 
property that the voltage at each node is 
twice that of the neighboring node. We 
can demonstrate this without extensive 
computations by making some equiv¬ 
alent circuits of the basic structure. In 
the top of Figure 3, we have the basic 
5-node ladder, with the last section 
shown in the dotted box. The equivalent 
resistance from node I-to-ground is R, 
since it is the parallel combination of 2R 
and 2R. Thus, we have a 2:1 voltage 
divider between node 2 and node I, since 
there is a series resistor R between these 
nodes, and an equivalent resistor R from 
node 1-to-ground. Hence, V,= 16 V2 . 

Figure 3. Ladder of resistors, R-2R, used 
to create binary currents, (a) basic 5-bit 
ladder, (b) dotted box of above is replaced 
with equivalent resistor Fix, of 2R. (c) 
again, the dotted box of above is re¬ 
placed by equivalent resistor Ry, of 2R. 
Voltage at any node is half that of the 
node to the left. 

This voltage divider has a composite 
resistance, Rx = 2R. Thus, it may be 
replaced (as in Figure 3B) by a new 
resistor Rx = 2R. Now we see that there 
is an effective voltage divider with a 2:1 
ratio between node 3 and node 2. Hence, 
V2 - 16 V j and V i = 14 V,. This analysis 
can again be carried out for the next node 
by replacing the dotted box of Figure3B 
with an equivalent resistor RY = 2R in 
Figure 3C. The analysis repeats. 
In each case, the node-to-ground 

current in each leg of the voltage divider 
is equal to the node voltage divided by 
2R. Thus, the currents have a binary ratio 
to the preceding one. This allows us to 
create all the required currents using only 
two values of resistor, R and 2R, rather 

Figure 4. Use of R-2R ladder to create 
binary switched currents. 

than binary resistors. In the complete 
circuit configuration (Figure 4), the 
switches are SPDT, since the current in 
the resistors flows either to the op amp 
or to ground. This is required since the 
state of a switch must not be allowed to 
effect the voltages at the other nodes. 
The only difference between the circuits 
in Figures 1 and 4 is the way the binary 
currents are created. 

This approach solves the problem of 
having a wide range of resistor values, 
but it does not solve the problem of the 
wide range of currents in the switches. 
Another variation of the R-2R ladder is 
shown in Figure 5. This is like the 
previous ladder except that the voltages 
of the 2R ladder elements are switched, 
and the output is a voltage directly. To 
understand the operation, consider any 
single node, which we willcallVn (Figure 
5B). It has an effective load to the left of 
2R and an effective load to the right of 
2R, as shown in the dotted boxes. This 
creates a voltage divider between the 
switched resistor of 2R and a composite 
load of R (2R in parallel with 2R). Hence, 
V„ will have a contribution of either 
0 volts or V/3. depending on the switch 
state. The next node's voltage will be 
influenced by this switch to produce 
either 0 or V/6, since the 2:1 divider 
ratio is still valid, as we showed previously. 

In other words, the switch for bit 0 will 
contribute either 0 or V/3 to the output 
at node 0. The switch for bit I will 
contribute either 0 or V/3 to node 1, 
which contributes 0 or V, 6 to node 0. 
Similarly, the switch for bit 2 will 
contribute either 0 or V/3 to node 2, 
0 or V/6 to node 1, and 0 or V/12 to 
node 0. This is a voltage ladder in which 

Figure 5. Voltage switching in an R-2R 
ladder to create binary voltages at output. 

t A> 

B) 
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Por Merheny records for ECM Records. 

"I felt I neeoed o bigger guiror sound, and rhe 
sound engineer or Tolenr Studios in Oslo where I was 
recording told me to wait while he plugged in a box. 
What came over rhe monitor was the greatest guitar 
sound I'd ever heard, something I'd been seeking for 
many years. The box was a Lexicon digital delay'' 

"I'm amazed at rhe guitar sound I ger from 
Prime Time. No orher delay has its warmth. Prime Time 
creates a space around rhe sound which in a lor of ways 
is as important as rhe sound itself. Knowledgeable 
listeners say our concerts sound like our records. Much 
of rhar con be attributed to 
rhe Lexicon Prime Time." 

"Today, I use five Lexicon systems on a vpicol 
concert, of which I do about 300 a year. On stage at my 
right hand is a Prime Time; another Prime Time is or rhe 
board rhar mixes rhe drums and plena. A third Phme 
Time is used on rhe PA line. We also use c Model 92 
and rhe new 224 digital reverb.' 

If you'd like to experience the sound 
enhancement rhar’s made Lexicon's Prime Time rhe 
favorire of Pat Merheny end dozens of roo routing and 
recording groups, circle reader service number or write 
to us. We ll arrange to ger you inro Prime Time. 

lexicon 
Lexicon, Inc., 60 Turner Street, Wolthom, MA 02154 • (617) Ô91-6790/TELEX 92346Ô 

New York. NY 10014 Expert Gorham Expon Cor¡ 
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STL Offers The Most 

Complete ¿election 
Of Test Tapes Available Anywhere 

If you are looking for precision test tapes, look no further. 
STL can serve all your needs with 2”, 1 ”, ’A", ’A” and 150 mil 
tapes for frequency alignment, level set, azimuth set, flutter 
& speed test, sweep frequency tests and pink noise analysis. 
Available on reels, in cartridges or cassettes. Also available 
is the Standard Tape Manual and the Magnetic Tape Repro¬ 
ducer Calibrator. 

Write or phone for fast delivery or free catalog. 

s 
STANDARD TAPE LABORATORY, INC. 
26120 EDEN LANDING ROAD #5. HAYWARD. CALIFORNIA 94545 • (415) 786-3546 
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WATERS MANUFACTURING, INC. 
LONGFELLOW CENTER, WAYLAND, MA 01778 

Take a Waters 
sllai-llne 
space-saver 

New MM thin-line faders are * 
great for small portable mixers' 
or lighting consoles. Only half 
the width of conventional faders, our 3/4-inch / 
wide MM series lets you build a lot of mixing ' J 

or control capability into a limited space. No perfor¬ 
mance compromise, either. You get Waters' proprietary MystR" conductive 
plastic resistance elements. Class-hard. Smooth. Long-lasting. You get Waters' 
computer-controlled curve shaping for highest tracking accuracy. And, you can 
choose 2 3/4-inch or 4-inch travel; 600 ohm or 10,000 ohm impedance; linear, 
audio, or true log characteristic. For complete information, circle the reader 
I I service card, or call Bob West at (617) 358-2777. 

the switches control voltages to the 2R 
resistors. Notice that all of the switches 
are switching between the same voltages 
and they all have the same currents in 
them. In this configuration, the output 
is a voltage which is buffered by a unity 
gain op amp. 

ACCURACY 
It is not easy to build a quality DAC 

with a large number of bits because of the 
accuracy problem. To demonstrate the 
extreme difficulty, let’s continue to 
discuss our 16-bit DAC with an output 
range of ±10 volts. The distance between 
two neighboring quantization levels is 
20/65,536 = O.OO3O5 volts. This means 
that the output produced by the digital 
word 1000000000000000 is 3 millivolts 
larger than that produced by the digital 
word 0111111111111111, meaning that 
the sum of the lower 15 bits must be very 
accurate compared to the value of the 
highest bit. 

Notice that the accuracy requirement 
is on the individual bits as well as on the 
sum of the bits. For the MSB (most 
significant bit), the requirement of an 
accuracy of one-half of a quantization 
level means a relative error of 0.0015 
percent. Similarly, the sum of the lower 
15 bits must also have the same per¬ 
centage accuracy. This is the worst case 
since the sum of the 15 currents (or 
voltages) must be very carefully con¬ 
trolled. This is called the major carry, 
which, unfortunately, corresponds to the 
center of the DAC range. In audio terms, 
this is the region of small signal level. 
The above percentages refer to full scale, 
but the relative error to the audio signal 
is much higher when the audio is low 
level. 

The problem of accuracy is made even 
worse by the fact that the accuracy must 
be achieved in a very short amount of 
time. We speak in terms of a few micro¬ 
seconds for the DAC to achieve this kind 
of accuracy. It is for these reasons that 
the design and manufacture of DACs of 
high precision is left to specialty manu¬ 
facturers rather than to an audio en¬ 
gineer. Even so, the requirements of 
quality audio are almost beyond the 
limits of today's technology. 

FORMAT 
The digital word format in the pre¬ 

vious discussions showed a maximum 
voltage for the word 1111111111 and a 
minimum for 000000000 even when off¬ 
set for symmetric range. Since the first 
bit is usually referred to as the sign bit, 
the MSB is often complemented at the 
input to the DAC. This gives the most 
positive digital word as 011 11 11 11 I and 
the most negative as 100000000. Some 
DACs have an auxiliary input for the 
MSB to achieve the complementing 
without the requirement for an external 
inverter. The use of this so called 2s 
complement format will be discussed 
later. ■ 
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Studer 169 and 269. 
The mixers with the master touch. 

On the air, on the road or in 
the studio, success depends on 
two good mixers: the man with the 
ear and the console he works with. 

You supply the ear, but let 
Studer supply the consoles, the 
169/269 mixers. 

Portable enough for remote 
pick-ups, their flexibility and quality 
has made them the natural choice 
for everything from City Hall cov¬ 
erage to direct-to-disc mastering. 
Put them in a suitcase, console, 
or (169 only) 19" rack, either can 
run from the power line, internal 
NiCads or even a car battery. 

The Studer 169/269 give you 
separate low and high-frequency 
equalizers with a ± 16dB range, 
plus a presence equalizer ( ± 11 dB) 
whose center frequency is con¬ 
tinuously tunable from 150 to 
7,000Hz. Plus independently-
metered variable recovery-rate 
limiters, complete reverb-send, 
foldback, and pan pots, and solo, 
muting, and slating facilities. 
There's a built-in electret con¬ 
denser talkback mike and a pre¬ 
fade monitor amp. 6-step switches 
adjust input sensitivity from 
-61 to +16dBu, and the floating 
XLR connectors provide phantom 
powering, as well. Separate line¬ 
level inputs are included and the 
long-throw (4") conductive-plastic 
faders have additional switching 
contacts. Built in low-end and ex¬ 
ternal filters are switch-selectable, 
and you have your choice of PPM 
or ASA-standard VU meters. 

sttoedbiRi reVox 
Studer Revox America, Inc. 
1425 Elm Hill Pike 
Nashville, TN 37210, (615) 254-5651 
Offices: Los Angeles (213) 780-4234 
New York (212) 255-4462 
In Canada: Studer Revox Canada, Ltd. 
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But whether you pick the 
10-in/2-out 169 or the 16/2 Model 
269—-or any of the variety of 2-
and 4-out configurations their 

plug-in modular construction lets 
you choose—you know that when 
you buy a Studer console you're 
buying the reliability, low noise and 
sonic clarity that are the Studer 
hallmarks. 

There's a complete line of 
Studer mixers, from the ultra¬ 
portable 069 to the still-more 
flexible 369, all built to the unique 
Studer standard of excellence: a 
Studer mixer never gets in the way 
of your ear. 
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NORMAN H. CROWHURST_ 

4^ Theory & Practice 

Sound Separation 
• In this discussion of basics, we have 
found that sound can be separated or 
analyzed in different ways. A wave 
analyzer does it simply by frequency and 
amplitude. Our hearing obviously does it 
in a more complicated way: we separate 
various composite sounds within the 
overall composite sound we hear. It may 
be different musical instruments in an 
orchestral performance, different human 
voices in a crowded room, or whatever. 

The question we want to address this 
month is, how do we do it? What is 
critical, in the reproduction of sound, to 
this capability, and what is uncritical? 
When stereo was first being introduced, 
a lot of work went into determining this, 
and it has not altogether ceased since. 

One thing that investigators found, 
before even stereo made the general 
scene, was that spurious frequencies 
present could destroy our capability of 
separating sounds. The presence of 

distortion, in particular, had this effect. 
I he presence of a strong hum could do 
so too, but not with such small amounts 
as distortion would do it. 

The presence of other spurious sounds 
such as people talking, foot scuffing, 
paper rustling, applause, and so forth, 
has more the effect of being distracting, 
than of preventing separation. You wish 
they would be quiet (with the exception 
of applause, maybe) so you could hear 
better, or more comfortably. But you can 
still hear, unless they become very loud in 
their interference. 

If you play early recordings of bands, 
where the distortion level was higher than 
it is today, you.will find that you cannot 
separate, or perhaps even tell which is 
which, on solo parts, between brass, 
woodwind and even other instruments. 
The distortion makes all the sounds 

blend together, so individual parts are 
inseparable to the ear. It may also pre-

CASSETTE^ 
Ml TAPE 
AGFA-GEVAERT, INC. 275 North Street. Teterboro. N.J. 07608 (201) 288-4100 

our Professional Cassette Bulk 
Tape will. Supplied in pancake form on 
stacking hubs, it is offered to the 
duplicator and blank loader in lengths 
up to 15.000'. Also available is a 
Mini-Cassette Tape with 2 micron foil, 
and a Splicing Tape in 150’ lengths. 
When you want the cassette tape that 
holds the reputation as the one tape 
that really “stacks up", get 
AGFA-GEVAERT’s Professional 
Cassette Bulk Tape 
Contact us TODAY! 

When The Others 
Don't Stack up 

vent identification of what instrument is 
playing a solo part. We’ve come a long 
way from that stage today: you’ll have to 
find a really old record to demonstrate 
the effect -like 30 or 40 years old. 

When stereo was being introduced, 
particularly on forms of disc (before the 
45/45 cutting system became the stan¬ 
dard), some were arguing whether stereo 
could be any better than mono. Why? 
Because the early stereo records had 
more distortion on them than mono 
recordings of the time, with the result 
that stereo was often demonstrated for 
the so-called ping-pong effect, rather 
than for improved separation of instru¬ 
ments, or parts. 

So, freedom from distortion is essen¬ 
tial to good capability at separation, 
even more so than the complete absence 
of spurious sounds unrelated to what we 
want to separate. 

As the quality of stereo improved, 
to the point where distortion is now at 
lower levels than it ever was on pre-stereo 
mono, clarity and separation improved. 
We came to realize that separation means 
morethanjust beingable to tell that brass 
is on the right, woodwinds on the left: 
physical separation, in the sense of 
recognizing that the instruments occupy 
different positions, is not so important 
as being able to tell that both instruments 
are there, regardless of where they may 
be. 

During the early period of stereo, work 
was directed at determining what it was 
that enables our hearing to provide the 
illusion of separation. In those days, 
separation meant the physical sense: 
telling that different sounds came from 
different physical locations. While some 
researchers may have placed undue 
emphasis on this—after all, when you 
listen to an orchestral performance in an 
auditorium, you do not bother locating 
each instrument or group of instruments 
(probably couldn't if you tried) -some 
useful results came from this work. 

It was generally concluded that such 
physical separation was prevalently due 
to phase relationships at the lower 
frequencies, and to intensity relation¬ 
ships (between the sound heard by each 
ear) at the higher frequencies, with a 
range of frequencies in mid-range where 
both effects contributed to the illusion. 
This led to a valid conclusion: that 
separation occurs better in mid-range, 
and that our capability for “placing" 
sources of sound relies mainly on the 
mid-range frequencies. 
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The characteristic of a horn 
that directs all of the frequencies 

where you want them to go. 
Most horns offer some control of 
the sound pattern they produce.The 
problem is that frequencies at the 
center of the pattern are different from 
those at the edges. 
Unless you use HR Constant 
Directivity horns, that's the problem 
you'll have.To the audience this means 
unintelligible, too bright, too dull, 
and sometimes just plain bad sound 
at many seats. 
These patented' HR Constant 
Directivity horns from Electro-Voice 
provide full-range frequency coverage 
and effectiveness of pattern conrrol 

unheard of before E-V 
engineers developed 
this unique design 
concept. 
Demand for the [/ 
white horns" has 
grown dramatically-
almost completely by word-of-mouth. 
Once a sound engineer, musician 
or facility owner hears the difference 
HR Constant Directivity makes, a new 
demand is created. 
Ask someone who has used or heard 
them, or buy a pair and try them your¬ 
self. You’ll probably hearthat HR horns 
are so clearly superior that other 
choices are obsolete. 

LF215 HR904OA HR4020A 

Write to Electro-Voice for more 
information. We ll send you a complete 
set of Engineering Data Sheets and 
a paper comparing the today perform¬ 
ance of HR constant directivity horns 
with yesterday's promises. Include S1 
with your request, and we will put you 
on the mailing list for the E-V "PA Bible," 
a down-to-earth series of paoers on 
the selection and application of pro¬ 
fessional PA products and concepts! 
1 U.S. Patent Number 4071112 

EV ElectroVoice agüitan company 

600 Cecil Street. Buchanan. Michigan 49107 

HR6040A 
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PRECISION SPLICING BLOCKS 

XEDIT 
CORPORATION 

SEE US AT AES BOOTH T 14 

Jamaica, N.Y. 
212-380-1592 
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1981 WINTER CONSUMER 
ELECTRONICS SHOW 

Las Vegas, Nevada—January 8-11,1981 
Largest Allotment of Lowest Price Airline Seats to the Show!! 

Largest Selection of Hotel Rooms !! 
CAESARS PALACE • DUNES HOTEL AND COUNTRY CLUB 
FRONTIER HOTEL • HILTON INTERNATIONAL • ROYAL INN 

AIRLINE SERVICE FROM ALL U.S. GATEWAYS 
Call Our Convention Center: 
NATIONWIDE —800 645 2182 
NEW YORK -212 347 0058 

Ask for Debbie 
Our full computerized Convention Center will be ready to serve your every 
travel need. We have a United Airlines APOLLO System which is fully inter¬ 
faced with all airlines, hotels and car rental companies. We will give you in¬ 
stant confirmation and rate quotation! In addition we can make your seat 
requestsand special meal requests when required. Instant printing of your 
tickets, itineraries and invoices—and prompt attention to any pre or post 
convention trips you may desire by travel experts. KARSON TRAVEL 
serves all major conventions—both domestic and worldwide. 

KARSON TRAVEL 
3185 Long Beach Road 

Oceanside, New York 11572 
212 347-0058 516 764-5300 800 645-2182 

A closer examination of these results 
showed something else: our hearing 
faculty can separate original, direct 
sounds, but it has difficulty with rever¬ 
berant sound. In an auditorium, the 
original sound (without reinforcement 
to confuse things) comes very definitely 
from on-stage, but the reverberant echo 
comes from all around. It has to be a very 
bad piece of acoustic design that enables 
you to notice a “lump" reflection from a 
big piece of wall somewhere, separate 
from all the rest. 

Lesser degrees of reverberation may 
produce confusion of sound, but your 
hearing does not seem to bother with 
where the confusion comes from: it only 
tries to locate the direct source. How can 
it tell the difference? 

In most situations, the direct sound is 
the first to reach your ears; the rever¬ 
berant sound comes later. So it became 
apparent that somehow our hearing pays 
more critical attention to the first sound 
to reach our ears than it does to the 
“follow through" elements of the sound. 
That is, it pays more critical attention to 
the “leading edges,” so to speak. 

One problem for all of us in trying to 
research this, is the fact that we learned 
to use our hearing very early in life, and 
thus take it for granted. We think we 
know what we hear, so we don’t really 
bother to analyze how we hear it. Ordi¬ 
nary reverberation we tend to ignore, or 
if we are conscious of it. pay little atten¬ 
tion to it. But the sound of a single pistol 
shot, bouncing round the walls, we may 
notice, because we don’t hear anything 
quite that well separated in reverberant 
sound everyday. 

There is another reason why we notice 
that: each reflection possesses the same 
property that enables our hearing to 
focus on the direction of original sounds: 
a short, sharp, impact, or transient 
sound. Most reverberation lacks that 
property. 

CBS Labs, particularly the late Ben 
Bauer, who contributed a lot to audio 
development, did some work on acous¬ 
tical fields of sound. Rather than go 
through the theory that Ben did—many 
of our readers shy away from theory—we 
could go back to a practical form of 
loudspeaker, and to problems in phasing, 
that lead us to the same thing. 

Before we had loudspeakers mounted 
in cabinets, they were commonly mounted 
on open baffles, so that sound could 
emanate from both front and back of the 
unit. We usually listened in front. But if 
you got round to an edge-on position, 
you noticed some peculiar effects. For 
one thing, all that lovely bass—which 
was why we used a baffle (the bigger the 
better)—disappeared when you listened 
from an edge-on position, and all the 
other frequencies lost their sense of 
source. From the back, or from the 
front, you could tell they were coming 
from this unit, but edge-on, the sound 



SIAR QUALITY 
RUNS IN THE FAMILY 

clockwise nom 
lop Ampex 2" Grand 

Ampex 799 PCM 
instrumentation Tape 

You’ll even 
find 
Ampex 
tape in star¬ 
ring roles recording 
instrumentation 

data for critical 
aerospace uses and other 
precision applications. 

Audiocassette Grand Master 
Consumer Axdiocassettes and 

Shown clockwise from standing 
reel Ampex 175 2' Quadruplex Tape 
U-Matic Videocassette. VMS and 

Beta ‘ Consumer Videocassettes Beta 
Industrial Videocassette and 196 1 High 
Energy Helical Videotape 

Star quality doesn’t happen overnight. It’s the result of the 
continuing Ampex commitment to engineering excellence. And it 

extends from the top of our line right through the entire Ampex family. 

Ampex brings star quality to videotape, too. In 
quadruplex, helical and %" U-matic versions for pro¬ 

fessional use. And ’/z" Beta- and VHS-format 
videocassettes for home and industry. 

TEST IT 

More studios master their hit albums on Ampex Grand 
Master " recording tape them on all other tapes combined. 
That’s why we call Grand Master the tape of the stars. 

But Ampex star quality doesn’t end with the tape of the 
stars. It extends throughout the entire Amoex tape line: 

HEAR IT 
You’ll find Ampex star 
quality in professional 
audio tape in every 

configuration. 
And in 
cassette, 
8-track 

and open 
reel for 

consumer use. 

SEE IT 

AMPEX 
Ampex Corporation, Magnetic Tape Division, 401 Broadway, Redwood City, California 94063. 415/367-3887 
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seemed to come from “nowhere.” 
As multiple loudspeakers came into 

use, particularly for covering large 
auditoriums, those who installed them 
found that phasing was important. And 
one way to verify phasing consisted of 
placing a couple of loudspeakers fairly 
close together, side by side, and reversing 
the connections to one of them, while you 
listen directly in front, at a position equi¬ 
distant from the two. 

Making the connection one way, in 
phase, resulted in sound that seemed to 
come from midway between the two 
units. Making it the other way, out of 
phase, resulted in sound that no longer 
seemed to come from those loudspeakers 

at all. This effect was given the name 
the “dissociation effect.” 

Later, when stereo was beginning to 
take hold, but some were wanting to 
simulate it using their old mono pro¬ 
gram as source, one of the most success¬ 
ful ways utilized a short tape delay to 
simulate reverberation. The direct sound, 
undelayed, was played into both speakers 
in phase, while the delayed sound was 
mixed with it, reversing the phase of one 
feed. Compared to some of the early true 
stereo material, this was almost the same 
thing: it added the sound of an audito¬ 
rium to sound recorded without it. 
The CBS experiments went further. 

It used two observations of the time, that 

ILLATOR OUTPUT 

IUAT» OUTPUT 

«Ke 
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better beliew it! 
The Ferrograph RTS2 
test set can reduce 
audio test time up to 30% 

Here's how. You connect only a single input 
and output lead to the component under test. You 
perform all routine checks for frequency response, 
distortion, wow and flutter, signal-to-noise ratio, drift, 
gain, input sensitivity, output power and more Just by 
pushing buttons with this single instrument. You read the 
results directly in percent or dB so there's no arithmetic or 
guesswork. 

Ferrograph RTS2 speeds your testing of tape 
recorders in all formats, turntables, preamps, line and 
power amps, equalizers and other signal processing 
components. It's easier and faster to use than separate 
test instruments; yet, it costs far less than other all-function 
test sets. For complete specifications, and details about 
how you can acquire the RTS2 at no risk, circle reader 
service number or contact: Neal Ferrograph USA, Inc. 
652 Glenbrook Road, Stamford, Connecticut 06906, 
(203) 348-1045/Telex: 64-3678. 

are still true, to produce a very good 
stereo illusion. We wondered why it was 
not more popular than it ever became. 
I think the only reason was that people 
do not like to admit they are being fooled! 

The system used three loudspeakers. 
Frequencies below a crossover that could 
be in the range from 100 to about 250 
hertz, were fed to a single woofer that 
could be concealed under a sofa, or 
behind a wall cabinet. Frequencies above 
this crossover were fed, stereo, to a 
couple of small, open back units, that 
CBS called “dipoles," or “isophonic.” 

What they had proved was that two 
such dipoles, fed with two-channel 
(stereo) sound in appropriate phase 
and/or intensity relationships, can 
simulate a stereo sound field throughout 
the room, over a far wider listening area 
than two conventional, closed back units 
can. Further, although the body of sound 
from such instruments as a string bass, or 
the deeper organ tones, really came from 
the concealed unit, the transient sounds, 
with which those tones started, came 
from the little dipoles, and fooled our 
ears into believing that the whole sound 
came from there. 

It was a case of “it’s not nice to fool 
mother nature!" And to those who 
always believed that accuracy in repro¬ 
duction, in every sense, was the secret of 
audio realism, this was a real blow, one 
they were not ready to accept. 

Effects can by synthesized. Since then, 
we have gone to digital audio, with 
wonderful results. In the field of optics, 
whether motion picture film or video 
technology is used or even combining 
the advantages of both, wonderful things 
are done. Will we reach that stage with 
sound and audio? Audio always seems to 
have been the “poor relation.” It has a 
lot of catching up to do. 

What can we expect? Can selective 
time delays be used to focus in a certain 
direction, relative to a pair of stereo 
mikes, like human hearing can? It would 
also need to be programmed so it gives 
particular attention to the transient 
beginnings of new sounds. A way would 
need to be found to ignore sounds in 
which we are not interested, like human 
hearing can unless the intensity level is 
high enough to produce masking. 

Mixing is old hat it’s been done 
ever since we’ve had audio. But mixing 
in audio is like lap dissolves in video or 
photography, and equally old hat. Video 
has brought in techniques of super-
imposition that are far more intricate 
than dissolves, enabling some fantastic 
illusions to be achieved. Can the equiva¬ 
lent be done with audio? 

Undoubtedly, digital audio is a step 
toward that, but we still have a long way 
to go. Each step begins by understanding 
what we already have, and then formulat¬ 
ing where we want to go from there. By 
knowing what human hearing will do, 
we take the first step toward finding a 
way to duplicate it. ■ 
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The ADC Full Harmonic 
If you’re in the business of getting sound from one place to 

another, ADC has a growing ensemble of products to help you. 

What’s your listening pleasure? 
ADC now gives you a wide choice of 
products in a wide range of prices. ADC h; 
plugs and receptacles for low or high 
impedance applications, printed circuit board 
jacks, terminal blocks and other components 
for audio and video patching. You can choose 
from a wide variety of finishes. 
Brushed Nickel. Conductive Black Plate. 
Burnished Brass. 

We're not exactly brand-new in the 
audio transmission business. We've had 
more than 45 years’ experience in helping 

iple get sound from one place to another, 
pliably. We’ll be glad to show you how 
ADC can help you with a broad choice 

of audio connectors and devices. 
Give us a try. For information, 
write or call your nearest ADC 
sales office listed below. Or call 

us at (612) 835-6800. 

ADC Products 
A DIVISION OF MAGNETIC CONTROLS COMPAQ 

4900 W 78th- Street Minneapolis MN 55435(617)835-6800 
ÎWX 910 576 2832 TELEX 29 0321 CABl E AOCPRQDUC" 

Sales offices in Atlanta, GA (404,766-9595• Chicago IL (312) 655-2441. 2440 • Dailas. 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_ 

Sound With Images 

Circle 20 on Reader Service Card 

One of the most distressing occur¬ 
rences possible has probably happened 
to most of us when putting on an AV 
show including slides with sync sound 
and/or film; the sound during the 
presentation was horrible. If it has not 
happened to you, you may have been in 
the audience during such a show. There 
was this super slide show, or film, and 
the sound was lousy. 

Let’s look at a few simple considera¬ 
tions. At the beginning, when the show 
first goes into production, a decision 
is made on what has to be seen, and 
anything that has to be said is put into 
the script. Music is decided upon to fit 
the mood of the presentation, to fill the 
gaps between sections of the show, to 
open and close the modules or segments, 
and to provide and keep a rhythm going 
for the movement of the slides. Music can 
be used for bridges, stings, background, 
dramatic openings and closings, or for 
many other purposes. The voice used to 
read the script is usually that of a 
professional, chosen for the quality of 
his or her voice, the mood put across 

during the reading, the ability to hype an 
audience into action, and/or the skill to 
be a “quick study,’’ who reads the script 
over in advance, and then reads precisely 
as desired in just one or two recordings. 
(This last quality can sometimes save 
money in a recording studio.) 

Several other decisions also have to 
be made on the music. Are there record¬ 
ings available (records, tape, music 
files and libraries, etc.), or should the 
music be written specially for the show? 
Is there a problem with license and 
clearance for the use of existing records 
and tapes? If the music is written for the 
show, how big a group should the 
orchestration include? How long will it 
take to write, score, record, mix down, 
etc. and how much will it cost? The music 
might also include special effects. Then, 
the voice and music have to be mixed. 
Equalization and reverberation might 
have to be added. It all can turn out to be 
a lengthy, tedious, and expensive propo¬ 
sition. Or, it can be as simple as taking a 
record off a shelf, recording the script 
into a microphone plugged into a home 
tape recorder, and then getting the two 
elements mixed. (The latter method 
leaves a lot to be desired compared to 
the more professional way, but it’s been 
done, consideration of music clearance 
aside.) It still would be a shame if either 
method sounded badly during playback 
at the show. The more expensive the 
recording process, the greater the crime 
when the audience can’t understand the 
words, or is turned off by the poor 
quality of the sound distribution. 

If the show is produced by a profes¬ 
sional AV production company, there is 
usually someone from the organization 
that will be at the show to be sure all their 
work is not in vain. If the presentation 
is produced and then handed over 
completely to the client, it becomes his 
or her responsibility to see that the sound 
quality at the show is great, or at the very 
least, good. There should be no settling 
for anything less. 

I he final step is taken by the company 
providing the sound equipment to be 
used during the showing. In some in¬ 
stances, the show is sent to the location 
with a specified or recommended sound 
system. In others, equipment is rented 
locally, and installed at the site by the 
rental house. In other situations, the in¬ 
house system is used. While this can 
sometimes be the least expensive method, 
it may end up being a most costly mis¬ 
take. The speakers could be located on 
the ceiling, if it is very high (like a ball¬ 
room), or at the side walls, which can 

Write or call us with your requirements or for 

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

A Division of Omnisound Ltd. 

“See us at AES, Room 610" 

mikes by mail? for less? 
why not!™ 

The Mike Shop™ now sells audio equipment 
cis well ¿is mikes by mail! for less! 
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MUCH MORE 
CONTROL. 

Presenting five signal processors 
from Yamaha that put you in charge of 
your sound: the F1O4Ò and F1030 
frequency dividing networks, the E1010 
and E10Ò5 analog delays, and the Q1O27 
graphic equalizer. 

They offer the control, reliability and 
durability that are as professional as you 
are. 

headroom than lower priced competitive 
models. 

The analog delays: E1010 & 
E1005 The creative applications of these 
two analog delays are almost endless. 
They offer echo, flanging, reverb, time 
delay, and double-tracking—-just to name 
a few. And being analog, these delays 
retain the original audio signal for a true 
musical sound. 

The graphic equalizer: Q1027 
The Q1O27 monaural '/3 octave EQ 
provides virtually infinite tonal control, 
from subtle to dramatic. A center detent 
position on each filter control removes 
that filter from the signal path, eliminating 
unnecessary phase shift. The Q1Ü27 
offers many attractive features, not the 
least of which is its reasonable price. It 
even includes rack mount and acrylic 

security cover. 
All Yamaha signal processors are 

designed to give you total command 
over your sound system with 
accurate, repeatable set-ups. The 
quality components, quality control 
and rugged construction assure you 
years of trouble-free operation—either 
on the road or in fixed installations. 

For complete information, w rite: 
P.O. Box 6600, Buena Park, CA 
90622. In Canada, write: 135 Milner 
Ave., Scarb., Ont. MIS 3R1. 
Because you're serious. 

The active crossover networks: 
F1040 & F1030 These frequency 
dividing networks offer the superior 
sound and control of bi-, tri-, and quad¬ 
amplification. They also offer belter specs, 

letter frequency response, 
and more 
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cause the audience to lose the effect that 
might have been achieved if the loud¬ 
speakers were at the front, near the 
screen. With speakers located around the 
room, or up high, a certain amount of 
reverberation can result which can also 
be distracting. The speakers could be of 
poor quality and the resulting sound 
could be too thin or too bassy for good 
clear audibility. Also, the amplifiers 
could be old and not capable of han¬ 
dling the audio or dynamic range of the 
taped music. The same of course, could 
be true of the speakers. To get sufficient 
volume out of the system for the in¬ 
tended effect, the amplifier/speaker com¬ 
bination might have to be driven to the 

point of terrible distortion. Some of the 
hotels, and many of the newer confer¬ 
ence centers, have improved sound sys¬ 
tems, but even they might not have what 
the show requires and deserves in dy¬ 
namic range, quality, and volume. It has 
become almost a standard requirement 
that the sound should come from the 
front, where the screen is, but many in¬ 
stalled sound systems still have overhead 
or side speakers (to avoid feedback dur¬ 
ing programs in which a live mic is used). 

When a system is brought in with the 
show, the equipment is usually run by 
someone experienced with that equip¬ 
ment. Precaution has been taken to pro¬ 
vide amplifiers powerful enough, sturdy 

QSC AUDIO PRODUCTS WILL BE 
INTRODUCING THEIR NEWEST PRODUCTS 
AT THE A.E.S. SHOW IN NEW YORK CITY AT 
THE WALDORF-ASTORIA HOTEL. 301 PARK 
AVE.. ROOM 658. OCTOBER 31 THROUGH 

NOVEMBERS. 1980. 

CSG 
AUDIO PRODUCTS 
1926 PLACENTIA AVENUE 
COSTA MESA. CA 92627 

(714)645-2580 

If you can't make it to the show, please write or call for our latest product information. 

and good-quality speakers, and thought 
has been given to the equipment set-up 
based on the design of the set, the shape 
and size of the room, the size of the audi¬ 
ence, the type of show, and the producer’s 
requirements. It may be expensive to ship 
the system, including a technician, keep 
that person at the site and then ship the 
whole thing back, but it is an expense well 
worth serious consideration. 

The other choice is to have a local 
rental company bring in the equipment 
and set it up. In a great many cases, these 
people know the site, and are aware of the 
problems from previous experience. 
They have equipment in stock, possibly 
know what setups have worked for dif¬ 
ferent situations, and can be very helpful 
to the client in clearing the way with the 
location personnel for early delivery, 
storage, and expedient removal of the 
equipment. They can also cope with the 
local union problems, if any, and can ar¬ 
range with the site for proper tables, plat¬ 
forms, etc., needed for a stage arrange¬ 
ment. 

There can be problems, however. The 
person responsible for the show’s setup 
should visit the site with the rental com¬ 
pany to discuss equipment requirements 
and setup. If left alone, the rental house 
could be doing several shows simul¬ 
taneously, and the best equipment could 
be somewhere else. Using "what is avail¬ 
able” can sometimes ruin a show. If 
specific wishes of the client, or the pro¬ 
ducer, cannot be met with in-house 
equipment, the proper units should be 
sent, or gotten from wherever it’s avail¬ 
able. Substitutions should be indicated 
at the time of discussion so that the client 
can be certain that the best results will 
be achieved. Too many times, the rental 
company has not been selected carefully 
enough, and the units brought in on the 
morning of the show are just not good 
enough. 

A few precautions. If you’re involved 
with the production of the show, make 
sure you know what you want or need 
for the presentation in sound distribu¬ 
tion, even if you have to pay a consultant 
for the help. Spend a good deal of time 
on the audio, just as you did with the 
visuals. If you are in the sound rental 
business, you can hurt yourself by not 
giving the customer what he asks for or 
needs to have the best show possible. 
Make sure the equipment meets the 
presentation’s requirements, and fills the 
bill for the room. Be sure all the equip¬ 
ment works properly and all connecting 
cables are in good shape. Be sure to test 
the system at the level that will be used 
with all the people in the room. Use 
equalizers and level meters and whatever 
else you can to make sure the sound is 
good, clean, and fully understandable 
throughout the room. Whatever your 
part of the total production, spend as 
much time on the audio as possible, so 
the time you spent on the visuals won’t 
go to waste. ■ 
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If you could hear this ad, 
we wouldn’t have to write it. 

Covered Dy patent rights issued and/or pending 
© Copyright 1930 Bose Corporation 

Visit a Bose® Professional Products Dealer 
and listen to the Bose 802 

Bose Corporation. Dept. SE 
100 The Mountain Rd. 
Framingham, MA 01701 
Please send me a copy of the Bose Professional 
Products Catalog and a complete dealer list. 

Name: . 

Address: _ 

Cty: 

Sate _ _. Zp: 

Better sound through research. 
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New Products & Services 

PRO-EQUALIZER 

• The Soundcraftsmen TG2245 is a pro¬ 
fessional Dual-Channel Equalizer with ten 
one-octave bands, and separate switching 
facilities for each section. Along with a 
frequency Spectrum Analyzer Test 
Record and Programmable Computone 
Charts, the new Pro-Equalizer features 
balanced and unbalanced 600-ohm 
operation, duplicate front panel Line-In 
Line-Out %-inch phonejacks and Zero-
Gain LEDs for precise visual balancing 
to 0.1 dB accuracy. Six Signal Processing 
pushbuttons on each section provide 
switching for a Subsonic Filter, Low 
Shelving, High Shelving, EQ Loop and 
External Loop. Another feature of the 
TG2245 is its performance specifications, 
with 0.004% typical THD at I volt and 
Signal-to-Noise 114 dB at full output. 
Mfr: Soundcraftsmen 
Price: $399.00 
Í irde 50 on Reader Service Card 

GIG BAG 

• The GB-3 Gig Bag is a new, zippered, 
carrying bag for speaker stands, cables 
and other pro sound accessories. Made 
of heavy-duty canvas, the GB-3 joins the 
SS-3 Speaker Stand as the newest 
product in the Bose line of pro sound 
accessories. 
Mfr: Bose 
Price: $45.00 
Circle 52 on Reader Service Card 

MIXERS 

• Despite their compact size, the BCI02 
and BCI04 offer the same circuits and 
components as do larger consoles. The 
BC102 has I0 input channels and two 
output groups while the BCI04, with the 
same I0 channels, offers four group 
outputs. Two or four output groups are 
switchable to respective mixing buses 
with pan facility. Reverberation and 
foldback Send with individual gain 
control and choice of pre- or post-fade 
signals is available as is PEL and Solo 
facility from all channels. An EQ in out 
switch is provided with indicator. 48v 
Phantom supply is switchable on all 
channels. Comprehensive Equalization 
includes High Pass Filter, High and Low 
frequency cut/boost and continuously 
variable mid-frequency with cut and 
boost. The metering and monitoring, 
with individual selection switches, 
enables monitoring of all outputs, play¬ 
backs, Rev Send. FB Send and Rev 
Return. Standard on both consoles are 
talkback send and return facilities along 
with separate stereo level controls for 
headphones and Control Room monitors. 
Mfr: Tweed .1 udio 
Circle 51 on Reader Service Card 

ELECTRONIC CROSSOVER 

• 1 he URE1 Model 525 Electronic 
Crossover features 4 panel-selectable 
operating modes: stereo 2-way or 3-way 
and mono 4-way or 5-way. Crossover 
frequencies are continuously adjustable 
from 50 Hz to 10 kHz. with the actual 
frequency measured and displayed on a 
digital frequency counter, with I Hz 
resolution. A subsonic switch-selectable 
filter is included to roll-off frequencies 
below 30 Hz, providing protection of 
the low frequency transducers in the 
P.A. system. Inputs and outputs are 
XLR QG connectors or terminal strips. 
Mfr: URE/ 
Circle 53 on Reader Service Card 



Six Way s To Make\bur Sound 
Sound Better 

? i 

2 

418A Stereo Compressor/Limlter 
For smooth, undetectable level and high 
frequency control in recording 

245E Stereo Synthesizer 
Creates a seductive, mono-compatible 
pseudo-stereo effect from mono sources 

111B Dual Spring Reverb 
A professional reverb with an excellent price/ 
performance ratio 

526A Dynamic Sibilance Controller 
Clean, inaudible de-essing of vocals with 

consistent action regardless of levels 

622B Dual Channel Parametric EQ 
Constant-Q design makes it an exceptionally 

versatile EQ 

672A Equalizer 
A Parametric EQ with graphic controls, 

including variable high and low-pass filters 
usable as an electronic crossover 

AES orow 
All products are sold through authorized Orban professional audio dealers worldwide. 

Call or write for the name of the dealer nearest you. 

Orban 
Orban Associates Inc., 645 Bryant Street, San Francisco, CA 94107 (415) 957-1067 
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Have you heard the board 
With digital recording that delivers 96 dB dynamic range, 

your board may be the noisiest component in your studio’s 
signal path. If it is. you might consider replacing it 

with the new Auditronics 532 console 
with noise contribution so low it 

approaches the 



that’s quiet enough for digital? 

Exclusive eastern distributor: 
Valley Audio • (615) 383-4732 

Exclusive western distributor: 
Westlake Audio • (213) 655-0303 

I Quditranicx inc. 
3750 Old Getwell Rood. Memphis. IN 3Ô11Ô 
(901)362-1350 

theoretical limit. In addition to the quietest open-channel you've ever heard, we 
also give you such state-of-the-art features as VGA sub-grouping, transformerless 
inputs, four-knob parametric type EQ. and full automation with our AUTO-
TRAK® track selector and Allison 65 K programmer. 
Listen to the board that's good enough for digital, the 532 Memphis Machine. 
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Empty 
1OF 
Reels 

' With 

3" NHB Center 
GREY PLASTIC OR 
SMOKEY SEE-THRU 

CALL OR WRITE FOR 
OUR CATALOG OF 
EMPTY REELS & BOXES 
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STANDARD TAPE MANUAL 

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 

FUNCTION GENERATOR 
• The FG 501A is a one-wide, TM 500 
function generator, that provides low 
distortion outputs from 0.002 Hz to 
2 MHz. It is capable of generating five 
basic waveforms -sinewave, square¬ 
wave, triangle, ramp, and pulse—at 
output levels up to 30 volts peak-to-peak 
with up to ±13 volts of offset from a 
50 ohm source. Waveform triggering and 
gating are provided with a variable phase 
control to permit up to ±90 degrees of 
phase shift for generating haversines, 
sin2 pulses, and haver triangles. A step 
attenuator provides 60 dB of output 
signal attenuation in 20 dB steps with an 
additional 20 dB of variable attenuation. 
Mfr: Tektronix 
Price: $680.00 
Circle 58 on Reader Service Card 

PHASE METER 
• The Model 200 has a 0-360 degree 
mode for lagging test signal or ±180 
degree mode for signals whose phase 
relationship varies around zero. The 
input impedance is one megohm for all 
input levels. The frequency range for a 
35mV RMS signal is 20 Hz. to 300 kHz. 
I he accuracy over this range is ±2 de¬ 
grees. There are front panel calibration 
controls which can also be used to offest 
any phase shift in the test setup and an 
analog output providing 10 mV per de¬ 
gree for plotting or recording purposes. 
Mfr: FSI 
Circle 59 on Reader Service Card 

MIXING CONSOLE 
• The Speck 800-1) is a 28 input. 16 28 
output mixing console. It is totally 
modular with 28 input modules, a master 
module, and a complete communications 
module housed in a mainframe that 
contains 16 illuminated V.U. meters. 
Each input has eight panable assigns, 
three band parametric equalizers, three 
sends, a long throw slide fader, and a 
second line input with an independent 
slide fade, two band equalizer and pan. 
I he stereo program buss is independent of 
the multitrack assign section, allowing 
the console to feed a full complement of 
14 track, 'A track and cassette recorders 
simultaneously during mixdown. 
Mfr: Speck Electronics 
Price: $25.190.00 
Circle 60 on Reader Service Card 

MULTITRACK TAPE RECORDER 
• Ihe JH-24 features totally trans¬ 
formerless electronics providing improved 
frequency response, signal-to-noise 
ratio and RI 1 rejection. Available for 
use with the JH-24 is the AutoLocator 
111, a microprocessor-based tape coun¬ 
ter locator with 10 memories and built-
in lape Velocity Indicator function. 
Mfr: MCI 
Circle 61 on Reader Service Card 

Circle 41 on Reader Service Card 



CARDIOID MICROPHONE 

• The PL80 dynamic cardioid vocal 
microphone marks the culmination of the 
application of a new concept in com¬ 
puterized microphone design —“the East 
Fourier Transformation” (FFT). De¬ 
signed for the professional and made of 
zinc and aluminum along with a dent¬ 
resistant Memraflex grille screen, the 
PL80 employs a shock mount to reduce 
handling noise plus a built-in Acousti-
foam blast filter to reduce “P-popping.” 
Mfr: Electro- Voice 
Price: $199.95 
Circle 54 on Reader Service Card 

BROADCAST CONSOLE 
• The Series 24A offers a wide range of 
input, monitoring, communications 
and metering modules. The design of the 
mixer permits the modules to be fitted 
in any number and any combination 
without modification to the expandable 
main frame. This design also allows the 
console to be used in a number of appli¬ 
cations, including: engineer-driven 
program production, outside broadcast 
mixing, master control room network 
switching and general audio visual 
production. 
Mfr: Allen and Heath Brenell Ltd. 
Circle 55 on Reader Service Card 

bwinlek 
ENTERPRISES INC 

1180 ASTER AVENUE 
SUNNYVALE. CA 94086 
(408) 249 5S94 

PORTABLE RECEIVERS 
• The Mark Q and Mark Q/dB-S mini-
VHF receivers are made especially for 
cueing, bilingual remote listening, re¬ 
cording and amplification for the hard-
of-hearing. The Q receiver has been 
mechanically designed to be worn on the 
body or to directly interface with re¬ 
corders when necessary. It is also crystal-
controlled and can be supplied on any 
frequency between 120 and 240 MHz. 
I he dB-S receiver is equipped with an 
audio scaling expander/compander to 
achieve a S/N ratio better than 80 dB 
and help eliminate buzz zones and other 
forms of low level interference. 
Mfr: Swintek Enterprises. Inc. 
Circle 56 on Reader Service Card 

MIXING CONSOLE 
• The 821, a multipurpose mixing con¬ 
sole, features built-in reverb with master 
level and pan control, separate input 
preamp input/output jacks for signal 
processing of input channels, slide-type 
master output controls and master moni¬ 
tor control. Other input channel fea¬ 
tures include mic/line switching; moni¬ 
tor, reverb and auxiliary sends; 3 band in¬ 
put channel equalizer and slide channel 
fader. The 821. with optional 220v, 50Hz 
line voltage available, employs a steel 
chassis and is fully rack mountable. 
Mfr: Neptune 
Circle 57 on Reader Service Card 

Circle 42 on Reader Service Card 

Gordon 
Headroom 

Meter. 
A better idea in program moni¬ 
toring that meets the UK/EBU 
standard for response to pro¬ 
gram peaks while maintaining 
an artistically desirable "syllabic" 
response to music and speech. 
$122.00 complete or $69 00 
vu-conversion option. 

Inovonics, Inc. 
503-B Vandell Way 
Campbell, CA 95008 
Telephone 
(408) 374-8300_ 

“See us at AES, Booth 209” 

Circle 40 on Reader Service Card 

db October 1980 



d 
b O

ct
ob
er
 1
98
0 

LjNew 
Literature 

FUSED FEEDTHROUGH DATA SHEET 
• A two-page bulletin of fused feed-
through adaptors contains electrical, 
mechanical, and environmental charac¬ 
teristics as well as mounting information. 
The adaptors are used in electronic 
equipment requiring protection from 
large input signals. The adaptors are 
50 ohms, 1.75:1 VSWR maximum and 
DC to 2 GHz. Standard fuse is yK amp 
with 0.01 sec. blow time (optional fuse 
is % amp with a 0.1 sec. blow time). Mfr: 
Cablewave Systems, Inc., 60 Dodge 
Avenue. North Haven, CT 06473. 

APPLICATION NOTE 
• An informative new application note 
on custom assembly of HEXFET MOS¬ 
FET chips for hybrid circuits is now 
available. HEXFET chips or dice are the 
MOS elements used in the many packaged 
HEXFET power transistors. Hybrid 
packaging of the dice can save weight and 
volume compared to standard pack¬ 
aging. Technical data and other informa¬ 
tion are available in the note. Mfr: 
International Rectifier, 233 Kansas 
Street, El Segundo, CA 90245. 

MULTI-SWITCH BROCHURE 
• A new 8-page brochure in full color 
describing Tini DW Multi-switch switches 
with 10 mm and 15 mm centers is now 
available. The new brochure discusses 
basic design features of the subminiature 
Tini DW Multi-switch, the first Ameri¬ 
can made switch made on 10 mm centers. 
Switching functions, material specifica¬ 
tions and terminations are described. 
Special features including available 
pushbutton legends and the new “flip-
flop" pushbuttons are also covered. 
Mfr: Switchcraft. Inc., 5555 No. Elston 
Ave., Chicago. ILL 60630. 

TAPE LINE 
• A brochure highlighting the new line 
of magnetic tape from Sony has been 
introduced. The ll-page booklet, entitled 
“Sony Magnetic Tape." offers consumer-
oriented information on how the com¬ 
pany selects the raw materials and 
combines them to make a variety of tape 
formulations. It also explains how the 
tape, cassettes, reel transport mech¬ 
anisms and even winding tension are 
prepared for final assembly. Mfr: Sony, 
Magnetic Tape Division, 9 West 57th 

« Street. New York, NT’ 10019. 

PRODUCT DIGEST 
• A comprehensive 48-page catalog 
listing a variety of semiconductor 
devices in 13 major product categories 
was recently introduced. Condensed 
specifications include easy-to-use charts 
and tables for quick product selection. 
Several sections include schematic dia¬ 
grams and dimensional drawings for 
many standard products. Special features 
of the new product digest catalog are a 
complete numerical listing of all products 
with corresponding data sheet numbers 
and a pre-addressed data sheet/quote 
request form. Mfr: International Recti¬ 
fier, 233 Kansas Street, E) Segundo, 
CA 90245. 

CONNECTOR CATALOG 
• A revised 18-page Adapta-Con con¬ 
nector catalog was recently reissued. 
The catalog. ACBP-6, features ten 
photographs and 30 drawings, informa¬ 
tion on UBS and UBC series cripm 
contacts, and other technical data. 
Special features of the catalog include 
standard information for material and 
finishes, mechanical features, and elec¬ 
trical data. It also includes instructions 
on how to order unshrouded headers, 
which electrically connect rigid PC 
boards with UBC cripm housing or 
ribbon cable socket connectors. Mfr: 
ITT Cannon Electric, 666 East Dyer Rd., 
Santa Anna, CA 92702. 

TEST SYSTEMS CATALOG 

• An illustrated, eight-page catalog de¬ 
scribing a complete line of modular sys¬ 
tems and accessories for static and dy¬ 
namic burn-in. full function evaluation 
and environmental testing of integrated 
and discrete solid-state devices is now 
available. I he two-color literature pro¬ 
vides details regarding the new System 
Super 20 for complete performance 
evaluation of RAMS to I28K. the Sys¬ 
tem 35D for dynamic burn-in testing of 
microprocessors and other IC's, the Sys¬ 
tem 25 for reliability evaluation, the 
Systems I RH40 and TRH90 for tem¬ 
perature-humidity testing, and the Sys¬ 
tem HD30 for high capacity burn-in. 
Mfr: Marin Controls Company. 517K 
Marine View Avenue. Belmont, Cali¬ 
fornia 94002. 

AV PRODUCT CATALOG 

• A new, 24-page full-color catalog is 
available at no cost from Visual Horizons, 
Inc. Approximately 250 products are 
explained and illustrated, including new 
products just developed. The catalog 
also contains a feature article, "Slide 
Shows Made Easy" -a complete course 
in planning and producing slide shows 
as well as a full section on supplies to 
make overhead transparencies quickly 
and inexpensively. Mfr: Visual Horizons 
Inc., 208 Westfall Rd., N.Y. 14620. 

INSTRUCTIONAL PA BROCHURE 

• The “White Horn White Paper." the 
sixth addition to Electro-Voice’s PA 
Bible, is now available. This addition 
deals with the advantages of using con¬ 
stant directivity horns in sound rein¬ 
forcement applications. It discusses the 
major differences between constant di¬ 
rectivity horn designs and also includes 
sample system configurations. Mfr: 
Electro-Voice, Inc.. Box 429. 600 Cecil 
St.. Buchanan. Mich. 49107. 

METERS 
• A brand new, 60-page four-color cata¬ 
log listing the complete line of stock 
analog and digital panel meters, meter 
relays, controllers and test instruments. 
New products include the U.I . listed 260 
Series 7-volt-ohm-milliammeter. the 
model 420 function generator, and the 
Model 454 oscilloscope. Mfr: Simpson 
Electric, 853 Dundee Avenue. Elgin. 
Illinois 60120. 

METERS CATALOG 
• A new catalog indexing a complete 
line of standard-range meters, special 
options and testers was recently made 
available to the public. Five different 
Shurite series include 2'/2-inch and 
3!^-inch types, and a 1 l^-inch edgewise 
series, available in AC and DC milliam¬ 
meters, ammeters and voltmeters, and 
DC microammeters. I he new catalog 
also lists such standard options as 
±3 percent accuracy, custom dials and 
pointers, special ranges, zero suppres¬ 
sion. and several special options. All 
series are illustrated, have dimensioned 
mounting drawings, and customary 
range and resistance values. Mfr: Sigma 
Instruments, Inc., 170 Pearl Street. 
Braintree. MA 02184. 



^Editorial 

During the summer months, we looked over 
various aspects of studio acoustics, construc¬ 
tion and systems. From “Recording Studio 
Design and Acoustics” in June, to “Studio 

System Planning” in August, our authors emphasized 
the new; new design projects, new building plans, and 
new hardware systems. 

But, not every engineer out there is in the market for 
“new.” In fact, many of us are doing the best we can to 
cope with “old,” and our studio updating is done 
piecemeal, rather than all-at-once. 

Along the way, troubles may crop up. Yesterday’s 
acoustic design may not satisfy today’s tastes. Or, after 
several generations of hardware have come and gone, 
there may be some residual hums and buzzes left behind. 

In broadcast audio, the cumulative effects of signal 
processing may be causing unnecessary deterioration. 
And, in sound reinforcement, perhaps the neighbors are 
beginning to complain, as the SPL creeps up. 

In all these cases, it would be great to start all over 
again from scratch, but such thoughts are more often 
fantasy than fact. And so, this month’s authors were 
asked to consider the fine art of“de-bugging” the existing 
systems, rather than creating new ones. 

Replacing a tape recorder is simple enough just 
wheel the old one out, and the new one in (not cheap, just 
simple). Replacing studio acoustics is not so easy. You 
can’t trade in your used acoustics, nor can you return the 
new ones for credit if you’re not satisfied. At Acoustilog, 
Inc., Alan Fierstein spends a good deal of time tracking 
down acoustic problems in the studio, and working out 
solutions to suit the unique requirements of the client. 
Drawing an analogy to the tape recorder, Fierstein 
recommends a specific sequence for acoustic tests and 
measurements. And, he cautions, don’t wait until the job 
is done to see if it’s proceeding in the right direction! 
Grounding and shielding problems have plagued 

studio operators at regular intervals, especially if more 
than one pairofhandsdoes(or,did)the wiring. It’s worse 

yet if, somewhere back in the past, a “fix job” was done by 
the good-old “cut-and-splice” technique (1. Cut: more 
noise? 2. Splice: less noise? 3. Next wire). 
As Albert B. Grundy points out, grounding and 

shielding are not the same thing. If some of your studio’s 
grounds are shields, and/or vice versa, you may want to 
think about a complete re-wiring job. Actually, you may 
not want to think about it at all, but there’ll be no 
avoiding it. Before starting the repair work, check our 
application note on “Keeping it Clean and Quiet”: the 
often-ignored hardware listed there may go a long way 
towards cleaning things up. 

In broadcast audio, “de-bugging" may be more a 
matter of reviewing compression settings, meter-reading 
procedures and the signal path in general. Vladimir 
Nikanorov takes a look at some of the points in the signal 
path where things may go wrong. 

In sound reinforcement work, corrective maintenance 
may involve trying to keep the SPL out of the neighbor’s 
living rooms. For the open-air amphitheatre, Michael 
Rettinger reviews the fundamental equations for horn 
design, and we discover that a bass horn with a 
sufficiently narrow coverage angle to keep the sound 
where it belongs, may be possible in theory, but highly-
impractical in practice. A few baffles, strategically 
placed, is often a quicker and easier “de-bugging” 
procedure. 

Concluding with a change of pace, we look in again on 
the design of audio pads, using a personal computer. 
Many readers responded to our last audio pad program 
(in May) with variations that include minimum-loss and 
bridged-T designs. These are presented here, and may be 
incorporated in the May program. 

And speaking of complimentary subscriptions (which 
we did in May), if you have a computer program that 
you’d like to share with our readers, please send it in. For 
every one printed, we'll send out a “comp sub” to the 
person who submitted it. ■ 

w 
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ALAN FIERSTEIN 

Acoustical 
Troubleshooting 

Here it is, a thorough guide to aeoustieal troubleshooting that 
may hold the answers to some of your studio 's problems. 

W
E ARE FREQUENTLY CALLED ON BY STUDIOS to come 
in and analyze rooms with various types of problems 
and, hopefully, to recommend a practical solution to 
whatever ails them. When first contacted, we get a 

brief verbal description of the problem. Often, it's a familiar 
one. though its cause may be unique. The standard test equip¬ 
ment (shown in Figure I ) is usually sufficient if no special tests 
are required. Fortunately, most studios’ acoustic problems fall 
into a few basic categories. Unfortunately, time, money and 
aesthetics may demand different solutions to the same problem 
in different studios. 

STUDIO TESTING 
The first measurement we make in a studio is the Reverb 

Curve. This is simply a graph of reverberation time (correctly 
abbreviated T60) at different frequencies. We call a room “live" 
if 160 is long, or “dead" if it is short. But, is it a balanced T60? 
Do all frequencies decay at the same rate, or does the room seem 
to prolong some tones while eating up others? The reverb curve 
tells the story, and the appropriate treatment is determined 
from calculations. Actual on-site measurement of the reverb 
curve is necessary. Too often, we have been called into a room 
where only calculations were used to predict the final outcome, 
yet due to variations in materials and construction, the desired 
response was not achieved. It is alright to predict by calculation, 
but only when small corrections are to be made. Actually, we 
prefer to measure every step along the way, because this is 
the only way to monitor the progress, and effectiveness, of 
the correction. For example, if a large amount of bass absorp¬ 
tion is needed, it makes good sense to test the effect of adding 
a few bass absorbers, than to inadvertantly deaden the room 
too much (and add unnecessary expense). 

n Alan Fierstein is President of Acoustilog, Inc. 

Different room areas, and musical tastes dictate the 
required reverb curve. Some people like live drum booths 
without bass buildup. Others like dead drum booths that can 
double as vocal booths. And many times we are asked to 
recommend a treatment that will make one room identical 
to another (sometimes the competition’s)! 

The price paid for a live room is lack of separation between 
instruments. Obviously, if a room is live in the low end, a lack of 
low frequency separation is to be expected. If a room is to be 
designed with many reflective surfaces, we of course know that 
parallel walls should be avoided, or flutter echo will result. It is 
not so commonly known that diagonally opposite corners of a 
room can also cause severe flutter echo. Flutter echo of this 
nature has a unique "galloping sound" which you have to hear 
to appreciate. Not only is this Hutter particularly annoying, but 
the room corners appear to catch sound that comes from almost 
anywhere in the studio and set it into action. We have observed 
this problem in more than one studio, and have developed a 
technique to determine the exact surfaces involved. 

Suppose that a flutter echo is heard in the room shown in 
Figure 2. We examine the room surfaces and rule out 
reflections from walls A and B, due to their absorptive surfaces. 
If we also assume that the absorptive floor and ceiling 
combination is not to blame, then there are just two possibilities 
left: walls C and D, or corners AC and DB. If absorptive 
material is placed in corner DB, and the flutter is suppressed, 
fine. If, however, it is impractical to do the test in this manner, 
then instrumentation is employed. A microphone placed in 
corner AC.—feeds a logarithmic amplifier and triggered 
oscilloscope. FIGURE 3 is taken from a ’scope display of a typical 
flutter echo created by a hand clap near the microphone, rhe 
time between peaks is 108 milliseconds, and the (round trip) 
distance that sound travels during this interval is 122 feet. This 
indicates that the diagonal, measured to be 60.5 feet, is the 
culprit. As you can see. this is a precise and powerful way ol 
positively determining the problem-causing surfaces in a room 



Figure 1. Typical equipment used for acoustic trouble¬ 
shooting, including (top to bottom): Reverberation 
Timer, Dual-trace Storage Oscilloscope with TDS, calibra-
tion/control center. 

Even if walls A and B had also been suspect, the distance 
calculation would still conclusively lead us to the prime 
offender. 

Excessive ambient noise is often present in studios. Even 
though most popular recording may be done at a high level, 
where loud room tone isn't a problem, the noisy studio is still a 
source of embarrassment to the studio owner, and it becomes a 
real problem when using distant miking. Typical noises that 
plague studios come from air conditioners, footsteps from the 
floor above, subway and truck traffic, and of course the studio 
next door. 

A spectrum analyzer is useful for tracking down noises, as 
well as checking the degree of improvement after the 
recommendations have been followed. For example, air 
conditioning velocity noise shows up as a low or mid-frequency 
noise. By enlarging the cross sectional area of the duct, the 
velocity noise decreases and the noise shifts downward in 
f requency, becoming less objectionable. The spectrum analyzer 
displays this frequency shift and allows the determination of 
the Noise Criteria (NC) curve. 

Figure 2. Top view of a room with a corner-flutter echo. 

Microphones furnished with some popular real-time 
analyzers are hopelessly inadequate tor the task of measuring 
studio noise levels. When placed in a sound field of less than 25 
dBA or thereabouts, they generate so little output signal that it 
actually gets swamped out by the microphone’s own electrical 
noise. Add-on microphones are available that solve this 
problem. Our system consists of a I-inch Bruel& Kjaer capsule 
and an Ivie IE-30A one-third octave analyzer. Using this 
microphone, we measured one room with a noise level of only 
11 dBA, and the only noise you hear is the ringing in your own 
ear. 

Figure 3. Logarithmic output of reverb timer shows 
pronounced flutter peaks every two divisions. 
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Figure 4. Three TDS sweeps of (top to bottom): Floor 
reflection, ceiling reflection, foam rubber reflection. The 
two top sweeps are almost identical, hence they appear to 
be only a single trace. (Note non-logarithmic scale.) 

CONTROL ROOM TESTING 

When a live microphone in the studio causes feedback 
through the control room window, the spectrum analyzer 
again comes in handy. With an accelerometer placed on the 
glass, a light tap on the window will show the glass’ resonant 
frequency. If this corresponds with the fundamental feedback 
frequency, it may be a good time to consider new glass. I he wall 
construction, floor slab, and speaker mounting method may be 
to blame for feedback, too. Hopefully, the air ducts are not 
carrying the sound, but this can be easily determined by 
systematic probing, while observing the analyzer during 
controlled feedback or by energizing the control room 
monitors with pink noise. 

Some of the other tests required for troubleshooting control 
rooms have been described under Studio Testing. However, the 
control room has a different purpose, so in many cases the 
parameters must be measured or interpreted differently. While 
a studio is designed to stimulate and enrich a musician's output, 
a control room should be designed to provide a similarly-
hospitable environment for the mixer and the equipment. Poor 
acoustic conditions in the control room are a serious handicap 
to the mixer. However, what constitutes poor control room 
acoustics is one of the current "great debates,” as db readers are 
aware. Because so many conflicting articles on control room 
design have appeared, studio people who look to current 
literature for acoustical facts often get opinions instead. For 
this reason, when analyzing a specific control room problem, 
good practice demands a complete measurement and analysis 
of the room. It may be that a really serious problem was not 
noticed, or that a supposed acoustical problem has a completely 
unexpected cause. Incidentally, we have found it advantageous 
to have studio personnel watch and participate in the 
measurement process. This way, the engineers gain a better 
understanding of the room they must work in. and fully 
understand the reasons for making the acoustical changes that 
are recommended. An oscilloscope display is more convincing 
than an “expert" opinion. 

The reverberation curve of a control room is measured in a 
similar manner to that of a studio, but there are a few important 
differences. First of all, the monitor speaker is used as the sound 

source. The monitor loudspeaker’s characteristics and its 
position in the room will influence the apparent reverberation 
time, and this is an important parameter in a control room with 
a permanent monitor position. Secondly, while studio 
reverberation time is measured in the reverberant field, control 
room T60 is measured behind the mixing console. Although 
other positions can be tested while exploring for room modes, 
the room must be designed with the primary listening position 
optimized. Finally, while the reverberation curve of the studio is 
designed to create wonderful and perhaps unique sounds, the 
control room should bear a strong resemblance to reality, 
acoustically speaking. Reality, in this case, means acoustical 
conditions similar to that of the average home listening room. 
The average home listening room has a reverberation curve that 
is reasonably flat, with a slight rise at the low end and a droop in 
the treble region. Contrary to popular opinion, a very dead 
room usually has a poorer response characteristic, due to the 
low number of averaging reflections. It is actually easier to 
provide a wide uniform listening area in a very live control room 
than in a fairly dead room. The trade-off with a live room is the 
possibly decreased stereo imaging and less detail in the actual 
sound being monitored. So, a reasonable compromise must be 
made. 

As stated earlier, formulas and past experience may predict 
the amount of absorption that should be designed into the 
room, but the effect of differences in materials and construction 
methods will not show up in “before-the-fact” calculations. To 
repeat, the progress of a room's acoustical balance should be 
monitored during construction, and of course after. Since this 
procedure is seldom followed, acoustical troubleshooting de¬ 
mands that the reverb curve be measured as a first step. 

The reverb curve represents factors which, if changed, will 
affect other parameters of the room, notably equalization. The 
reason for this interaction has been discussed in a previous 
article (see reference 1 ), but it basically centers around the fact 
that real-time analyzers employ time integration to provide a 
readable display, and this time integration captures multiple 
reflections and cannot distinguish them from the direct sound. 
Even if the reflected sound level is too low to significantly affect 
the real-time analyzer display, the effect of a non-flat reverb 
curve is easily detectable by the trained ear. So it pays to treat 
and correct the reverb curve first, and then as the other 
measurements and corrections are applied, they will not have to 
be redone. An appropriate analogy can be made between rooms 
and tape recorders. When aligning a tape recorder, both 
azimuth and equalization affect frequency response. However, 
if one makes the mistake of adjusting equalization without 
adjusting azimuth, the tapes recorded on that machine will 
sound different when played on a correctly adjusted machine. 
The key here is that the azimuth is adjusted first, and then the 
equalization. In this way. the equalization does not have to be 
redone. 1 he same thing applies to rooms: I he reverb curve is 
adjusted first, and only then is corrective equalization applied, 
if warranted. 

When engineers complain about harshness, distortion, too 
much top end, etc., a possible cause is an uneven reverb curve, 
or, they could be hearing strong reflections in a particular 
frequency band. The impulser method described earlier in 
Studio Testing, is a good test for strong reflections. It is 
especially appropriate to test this because, for efficiency 
reasons, most popular control room monitor speakers have 
poor dispersion characteristics. The high frequencies are often 
beamed within a very narrow angle, and this doesn’t mean on-
axis. The dispersion characteristics of the speaker must be 
known to the acoustical consultant so that appropriately-
placed absorbers and diffusers can be installed to break up 
strong, interfering reflections. 

When called in to remedy an existing situation, the types of 
surfaces must be familiar to the acoustician if he is to 
intelligently recommend remedial measures. Testing materials 
used to require the use of a quiet, open field, or an anechoic 
chamber, along with a large sample of the material to be tested. 



Time Delay Spectrometry, or TDS, offers a powerful testing 
method that can actually be brought into the room being tested. 
Simply described, TDS combines the precision and 
repeatability of a sine wave sweep with a frequency-shifting 
technique to separate, for easy viewing, the multitude of 
reflections that are typical in rooms. One can view the spectrum 
of the direct sound, or that of any reflection. The change in the 
shape of the spectrum before and after encountering a 
particular surface allows the evaluation of that material’s 
absorption coefficient. However, one caution must be noted. 
TDS can deliver too much precision to a measurement. For 
example, a TDS sweep may contain many horrendous-looking 
notches that are actually inaudible, due to their narrow width. 
Looking at a room with TDS only is equivalent to studying a 
street map with a microscope. Care must be taken when 
interpreting TDS curves. (See reference 2.) Figure 4 shows the 
TDS sweeps of three surfaces: a hard floor, an acoustically-
sprayed ceiling panel, and a piece of 1-inch low-density foam 
rubber. The negligible difference between the floor and the 
ceiling panel curves indicates that the ceiling spray is completely 
useless as an absorbing material. The lower sweep shows the 
foam’s absorption to vary between 5 and 10 dB. 

Before any serious study of the monitor speaker response can 
be started, the driver polarity must be checked. It is common 
knowledge that the effect of two out-of-phase woofers is a thin 
bass sound. The effect of reversed tweeters is a blurred stereo 
image. Also, the monitor with the reversed tweeter will exhibit 
an abnormal frequency response. Since monitors may have 
fairly uneven responses, even when correctly polarized, the 
easiest way to test polarity of the tweeters is with the impulse 
test. At the same time, the time displacement between the 
woofer and tweeter can be seen on the oscilloscope. It is 
interesting to observe the degree of alignment achieved by 
monitors that have been designed with that goal in mind. 

Figure 5. Received impulse waveform from a two-way 
speaker, showing the effect of flipping one driver's leads. 
Note the time misalignment between drivers. 
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Figure 5A shows the misalignment of a popular monitor 
speaker. Reversing the phase of one of the drivers yields the 
trace in Figure 5B. Notice the peak which has reversed 
direction. 

Improper loudspeaker placement frequently causes response 
problems. Time-delayed reflections from various surfaces 
combine with the direct sound, causing a frequency-dependent 
phase shift. Therefore, the steady-state response, as measured 
on a real-time analyzer, may be modified with nearly 6 dB 
boosts, nearly infinite dips, or anything in-between. For 
example, the room curve shown in FIGURE6 has a serious notch 
at 100 Hz. An interesting way to test if a time-delayed reflection 
is causing the problem is demonstrated in Figure 7A, which 
shows the oscilloscope screen in the dual-trace mode. The upper 
trace is from a microphone in front of the loudspeaker, and the 
lower trace is taken at a particular point in the room from which 
a strong reflection reaches the listener. The setup is shown in 
Figure 7B. Notice that the intensities are nearly identical, but 
the waveforms are almost 180 degrees out of phase. The 
excitation signal is a 100 Hz sine wave. The time delay causing 
this phase shift is therefore about 5 milliseconds (i.e., half the 
period of a 100 Hz sine wave). This can be seen on the 
oscilloscope as the time interval between peaks. 

This 5 ms. time delay is caused by the reflection traveling over 
a longer path length than the direct sound. Because these 
antithetic waveforms are at a similar distance from the mixing 
position, the listener seated there will hear a serious dip in the 
response at 100 Hz. The solution is to find a better position for 
the loudspeaker, or change the geometry of the room. In this 
case, the room had to be entirely rebuilt. 

Before discovering the cause of the notch pictured in Figure 
6, equalization had been attempted to bring up the level of 
sound in that band. At high SPLs, the woofers were being 
damaged because of the excessive energy being fed into them at 
100 Hz. Remember, a 6 dB boost requires that four times the 
power be supplied to the speaker. 

Frequency response problems and phase reversals are not 
always acoustical in nature. The acoustician should be well-
versed in the art of a complete electro-acoustic checkout from 
the console to the loudspeakers, before assuming that 
acoustical corrections are needed. If monitor equalizers and 
console monitor outputs require termination, terminate them. 
Otherwise, transient response and frequency response will 
suffer. When proper levels are set throughout the monitor 
chain, there should be no audible hum or noise at the mixer 
position. What is frequently mistaken for speaker distortion is 
really an incorrect matching of headroom levels in the 
monitoring electronics. For example, we frequently encounter 
situations where the input level controls on the monitor 
amplifier are set at the 12 o’clock position, which is 20 dB below 

Figure 6. Received frequency spectrum in a control room 
with a serious notch at 100 Hz. 

(A) 

Figure 7(A). Two microphones simultaneously displaying 
waveforms at two places in the room. The almost-180 
degree phase shift for the notch seen at 100 Hz in 
Figure 7(B) Mi is a microphone in the direct path from the 
loudspeaker to the listener, L. Mz is a microphone placed 
on a reflective surface. Sounds at Mi and Mz are 
equidistant from the listener, but have travelled unequal 
distances from the original sound source. Therefore, 
the listener will hear interference effects. 

maximum sensitivity. This requires that the console monitor 
output or the monitor equalizer supply 20 dB more signal than 
normally required to drive the amplifier to full output. If the 
amplifier sensitivity is 2 volts, which is equivalent to+ 8 dBv, the 
equalizer had better be able to handle +28 dBv or it will distort 
before the amplifier has reached its full output. The solution in 
this case is to set the amplifier level controls higher, so that 
amplifier power becomes the ultimate limiting factor, as it 
should be. 

CONCLUSION 
Acoustic troubleshooting requires both a variety of 

standardized tests to ensure correlation with the rest of the real 
world, and specialized tests to fit the demands of each studio’s 
unique problems. A good troubleshooter also has the 
experience to evaluate test results and correctly diagnose 
difficult problems. Finally, if practical solutions are to be 
achieved, cooperation and understanding between the 
consultant and the studio personnel will be necessary. Solid 
scientific testing, combined with subjective listening tests, will 
go far toward achieving that goal. ■ 
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ALBERT GRUNDY 

Shielding and 
Grounding Revisited 
Recognizing the difference between shielding and 
grounding may reduce hum and eliminate potentially 
“electrifying” results.... 

T
o anyone with even the most casual experience with 
audio equipment, "grounding problems” always 
seem to mean some sort of interference, usually hum 
from power-line-related frequencies. Sometimes, 

hum reduction and personal safety seem to be an “either/or” 
proposition; however, our electrical codes and manufacturing 
practices make safety the first consideration. 

We still run the risk—no matter how small it may appear— 
that two pieces of improperly-grounded electrical equipment 
could have a sufficiently high potential difference as to become 
lethal. (See Joe Dollar’s letter to the editor, in the August issue, 
and John Nady’s wireless microphone feature in last month's db 
for more on the subject— Ed.) 

The purpose of a grounding system is to insure a zero 
potential between all exposed metallic surfaces. These must also 
be at zero potential with respect to earth ground. The grounding 
system safe or otherwise—is not intended to be a noise 
reduction system. Shielding will protect against interference 
from outside noises—grounding won’t. It’s only when the terms 
“grounding” and “shielding” are used synonymously that 
trouble starts. 

GROUNDING 
In relatively small installations, with say, 20 or fewer line 

cords, a common ground can be established using the third 
(green) conductor and the ground pin of the power plug. These 
should be plugged into electrical outlet strips that have their 
third-pin sockets wired together. The line cords from these 
strips should be plugged into three-wire wall receptacles, for 
which it is known (not guessed) that the ground pin is wired 
back to a true earth ground. If possible, they should be 
distributed between the phases of a multi-phase service, to 
minimize the neutral current. 

Larger installations must be handled differently, and in fact 
should be independent of the three-wire power grounds. Some 
studios have clipped the ground pins on equipment power 
plugs, or used 3-to-2 adapters without connecting the adapter’s 
green wire to ground on the receptacle box. Although this may 
reduce hum from ground loops, it is potentially dangerous 
(pun and all), and violates most electrical codes. 

Albert Grundy is President of The Institute of Audio 
Research, NYC 

N safer—and legal—method is to use special AC receptacles 
in which there is no continuity between ground and the metallic 
outlet box. Just like the neutral and “hot” connections, ground 
appears at a screw terminal on the receptacle, and nowhere else. 

From each ground terminal, a separate #10 insulated wire is 
run to a central grounding point, such as a copper bus bar. This 
may be about two-inches wide, and long enough to allow all the 
ground cables in the system to be bolted to it with !4-20 bolts 
and star washers. This bus bar is firmly connected to a good 
earth ground. 

It a true earth ground is not available (for example, in a high-
rise building), a cold-water pipe may be used instead. Drain 
pipes should probably be avoided, since sooner or later a 
section may get replaced with PVC tubing. 

With a good grounding system, there will be zero potential 
difference between any two metallic surfaces (tape recorders, 
console, equipment racks, etc.) in the studio. From the point-of-
view of safety, the job is done. However, from the point-of-view 
of hum (and noise) immunity, the job is just beginning. 

Now, the audio cabling between each component in the total 
system must be wired in such a way that no additional ground 
paths are established in parallel with the hard-wired AC ground 
system just described. Such paths create the infamous “ground 
loops” that cause so many hum problems in random and 
casually-grounded-systems. 

In searching out ground loops, the culprit usually turns out to 
be the shield on a cable connecting two pieces of equipment (for 
example, tape recorder-to-console). If the shield is connected to 
ground at both ends, a parallel ground is created. The double-
ended connection doesn’t enhance the shielding properties at 
all, but it certainly does enhance the production of hum. 

To keep the shield from becoming a ground, make sure it is 
connected at one end of the cable only. A good practice is to 
connect all shields to ground at all equipment outputs, and to 
make sure the shields are not connected where the cable is 
plugged or wired to an input. In other words, connect the shield 
to pin 1 within all female plugs, and make sure the shield is not 
connected to pin 1 within all male plugs. 

Once all the audio cabling is in place, you can make sure the 
shielding is in order by disconnecting the power-line grounds at 
the central grounding point. Now, there should be infinite DC 
resistance between each separate metal chassis within the 
system. If there is not, then one of the inter-connecting audio 
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cables is probably at fault. It should be located and corrected. 
Once a cable has been corrected, re-connect the other cables one 
at a time, to make sure the system remains in good order. 

Removing ground loops from an existing random-ground 
system is an almost-hopeless task. The general rule seems to be 
that “every stop-gap solution is just another problem." It’s 
usually better to strip the system and re-wire. Anything else may 
be just a waste of valuable time. 

SHIELDING & ELECTROSTATIC COUPLING 
Unwanted or interference signals enter the audio system by 

either electrostatic coupling or electromagnetic induction, as 
seen in Figure 1. 

The dashed-line circuit on the left symbolizes interference 
voltages, capacitively coupled to the transmission loop. 
If the system 's source impedance, R g /s very low, the noise 
voltage across it will be kept at a minimum. 

The dashed-line inductance symbolizes the intro¬ 
duction of an induced current. The high load impedance, 
Rh minimizes this current.... 

Electrostatic, or capacitive, coupling is most common at 
what are generally classified as radio frequencies; these include 
TV, CB, static, ignition, etc. The interference voltage is coupled 
in parallel with the audio transmission loop, and therefore has 
minimal effect when the source impedance is low, as in most 
modern constant-voltage equipment. 

ELECTRO-MAGNETIC INTERFERENCE 
The magnetic fields found around audio equipment are 

usually from power cables (60 Hz), motors and transformers 
(120 and 180 Hz). The electro-magnetically induced 
interference appears in series with the audio transmission loop, 
and is therefore greatest in a low-impedance circuit. However, 
the high input impedance of constant-voltage equipment 
provides a high total loop impedance. 

To summarize, in an audio transmission loop, the low source 
impedance minimizes capacitively-coupled high frequency 
interference voltages, and the high input impedance minimizes 
magnetically-induced low frequency interference currents. 

The parallel ground circuits discussed earlier are very low 
impedance circuits, and are therefore susceptible to low 
frequency interference only. A ground loopactsasa single-turn 
secondary for any nearby power transformer. The induced 
current causes a potential difference between the two pieces of 
equipment, which is converted to a signal voltage at the input 
resistance in the receiving end of the loop. 

The most common method of protection from electrostatic 
interference is, of course, shielding. And the most common 
method of creating ground loops is to connect those shields at 
both ends. ■ 

Application Notes 

Keeping it Clean and Quiet 

F
or recording engineers, AC power line hardware is 
certainly not as fascinating as the latest generation of 
recording consoles and signal processing devices. Yet, 
the success of all that “high-glamour” stuff often 

depends on low-glamour AC, and a noisy power line can cause a 
lot of grief in any “hash-prone” control room. 

A spec sheet from Topaz Electronics cites common-mode 
noise (occurring between ground and both the hot and neutral 
conductors) as a frequent source of problems for computers and 
other noise-sensitive gear which use common (i.e., power-line 
ground) as a reference. Also, protection from high frequency 
components of transverse-mode noise (between neutral and 
hot) may be needed. 

According to Topaz, a line-noise suppressing “Ultra¬ 
Isolator” will provide up to 150 dB common-mode, and 40 dB 
transverse-mode, noise attenuation from various power line 
disturbances. 

ISOLATED GROUNDS 
For a safe (and legal) grounding system using wall-mounted 

AC receptacles, an isolated-grounding receptacle, such as 
Slater Electric’s IG-8200, may be used. As described in Albert B. 
Gundy’s feature in this issue, the grounding terminal is not 
connected to the receptacle’s mounting strap, nor should the 
regular AC ground (green wire) be connected to the receptacle. 
Instead, the green-wire ground is connected to the metal outlet 



box, and a separate ground wire is attached to the receptacle. 
For dimly-lit areas, illuminated receptacles are also available 

(but without the isolated-grounding feature). Two long-life 
neon bulbs are imbedded in the receptacles, making it easy to 
find without turning up the house lights. (Just the thing for 
screening rooms and dimly-lit sessions of any kind.) ■ 

Superficially resembling a conventional AC outlet, the 
orange triangle next to the grounding receptacle identifies 
the isolated-grounding feature of this receptacle 
(Slater IG-8200). 

Note the separate isolated-grounding wire, which is in 
addition to the conventional grounding system. 

(photo and line drawing courtesy of Slater Electric, Inc.) 

Isolation transformers are available to handle loads 
with power ratings from 125 VA to 130kVA(l). Some studios 
use small isolators to keep troublesome spike-pro¬ 
ducing control room equipment from introducing noise 
into the studio AC lines. Shown here is a Topaz 91095-32 
Ultra-Isolator with a 500 VA power rating. The trans¬ 
formers are also available with terminal strip connections, 
for hard-wired installations. (Topaz photo) 

No whump! 

Garner Audio Tape Erasers wipe tañes clearer than new... 
with no noise residue. Simple, safe, continuous belt operation 
handles all sizes of reels, cartridges and cassettes. Several 
models: up to 16 inches. Also Video Erasers. 
Garner Erasers are now fulfilling the exacting requirements of 
many major organizations around the world...yet are so low 
priced that the smallest studio or station can afford one. 
User reports. . "It is a big improvement over what we used 
to use, or anything else on the market today. " 

—Ric Hammond. KNX Radio (CBS), Hollywood. Calif. 

Call today or write for brochure. 

GARNER INDUSTRIES 
Dept. #DB-10. 4200 N. 48th St.. Lincoln. NE 6850^ Phone: 402-464-5911 

Circle 33 on Reader Service Card 

DROP, DROP, VIZ, VIZ 

Drop-proof VOM, only $69 
Bang it. drop it. rattle it—won t lose accuracy. 5 functions. 20 
ranges. 20kn/Vdc. WV-590 

VIZ Gold Line. Our top quality VOMs 
All feature rugged taut band meter. . . gold plated switch contacts 
. . precision 1% resistors . h gh-impact 
coded meter scale and range plate. 

Relay and fuse protected 
VOM. lOOkQ VDC Tem¬ 
perature compensated 
circuitry 8 DCV ranges 
0 1 to 1OOOV Handle 
WV-520B $89 

ï 

Fuse protected VOM. 50 
kQ/VDC DC polarity 
switch 7 DCV ranges 
0 25 to 1000V dB -20 
to ; 36 Handle VW-519C 
$69 

case three-color 

Expandable function 
VOM. 33 3 kil VDC 7 
functions. 28 ranges 
Tests transistor h FE di¬ 
odes Carry case avail¬ 
able WV-591 $66 

MIZ See your local VIZ distributor VIZ Mfg. Co., 335 E. Price St., Philadelphia, PA 19144 

Circle 16 on Reader Service Card 
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VLADIMIR NIKANOROV 

Cleaning Up the 
Sound of Radio 

Given the eompetitiveness of the broadeast field, reading these 
helpful hints might prove to be a “sound" investment of your time. 

I
N THE PRE-TELEVISION ERA. broadcasting simply meant 
mono-only AM radio. The important word was “format.” 
and “sound" didn’t get that much attention. (Life was 
much simpler then.) 

As television began to attract attention, something needed to 
be done to capture—or rather, to re-capture the radio 
audience. The “top-40” format, devised in the ’50s by Gordon 
McLendon, Todd Storz and G. Bartell, played a key role in 
revitalizing broadcast audio in the face of the new competition 
from video. 

When FM radio came along, it was at first ignored by mass¬ 
market broadcasters, who regarded it as a limited-interest 
medium, best suited for classical music and talk shows. But 
eventually, someone got around to playing rock-and-roll on 
FM, and the rest is history. Today, FM as well as AM stations 
compete for mass-market attention, and each station’s “sound 
is as important as its format. (See Eric Small’s “Measuring the 
Sound of Radio” in last month’s db Ed.) 

As that sound takes shape in the broadcast studio, all sorts of 
things can happen to it (and usually do, according to Edsel 
Murphy—Ed.). Consoles and compressors, tape recorders and 
transformers all play a part in influencing what the listener 
eventually hears. That influence should be positive, yet often it’s 
not. due to a variety of causes. 

BROADCAST VERSUS 
RECORDING STUDIO PROCEDURES 

This article will look in on a few of the places where, 
“If anything can go wrong, it will” (Murphy again Ed.) But 
first, let’s take a brief look at some of the constraints under 

which the broadcaster must operate. Although broadcast and 
recording studio operations are similar in many cases, there is at 
least one fundamental difference. The broadcaster is subject to 
the rules and regulations of the FCC. One of these is “Proof of 
Performance”—a number of well-defined procedures, among 
which are checkout and alignment of frequency response, 
harmonic content, carrier shift, noise level, etc. 

For the procedure, the FCC requires a test setup as if the 
radio station was under normal operation. The measurements 
include all circuits, from the microphone or other source input, 
to the output of the modulation monitor. (Figure 1) This 
includes pre-emphasis circuits, telephone or microwave lines, 
antenna circuits, etc. However, compressors should be 
excluded from the measurements. 

Frequency response is measured at 50 Hz, 100 Hz, 400 Hz, 
1,000 Hz, 5000 Hz, 10,000 Hz and 15.000 Hz. Harmonic 
distortion is measured at 25, 50 and 100 percent of modulation 
level. FM station measurements are made with the 75 
microsecond pre- and de-emphasis networks in the chain. 
(Figure 2) 

Experience has shown that these performance measurements 
are irrelevant to the character of a station’s “sound.” Broadcast 
facilities with identical parameters at the station may sound 
completely different at home. The difference may be 
characterized by transparency of sound, the stereo image, 
and—almost always- by loudness. 

According to ANSI (American National Standards Institute) 
Standard SI-1-1960, “Loudness is the intensive attribute of an 
auditory sensation in terms of which, sounds may be ordered on 
a scale from soft to loud.” (Or, in English, “Loudness is a 
measure of a sound’s intensity” Ed.) A popular opinion in 
broadcasting is that the listener prefers auditory sensations 

Vladimir Nikanorov is technical director of Bonneville 
Broadcast Consultants. Tenafly. New Jersey 



Figure 1. A typical FM station block diagram, showing test 
points for Proof-of-Performance tests. (A ) console inputs; 
(B) console output(s): (C) stereo generator output; 
(D) modulation monitor; (E) transmitter RF; (F) field tests. 

(that is, sounds) that are as loud as possible. Such sound—oops, 
auditory sensations—are presumed to attract attention to the 
station transmitting them. 

COMPRESSORS 
For a broadcast engineer, a louder sound means a higher level 

into the on-air compressor. Most compressors which are 
currently used on-the-air are of the “above-threshold" type, 
with adjustable input level control. Below the compression 
threshold, no dynamic gain-changing takes place. This is in 
contrast to linear compression, where the dynamic range of the 
total signal is processed, regardless of the input level. (The 
designations “linear" and “above-threshold” are used by dbx to 
define these modes of compression. For further details, see AES 
Preprint 1505: “Above Threshold Compression with One 
Control” by Leslie Tyler—Ed.) 

Originally, compressors were designed, and employed, to 
limit dynamic range to manageable proportions in order to 
transmit the sound without transmitter overload or excessive 
noise. It was quickly found that increased levels into the 
compressor bring up RMS levels, and therefore, loudness. 

As a result of compression for the effect of loudness, the on-
air audio goes through several fundamental transformations. 
With heavy compression, the gain change caused by a series of 
sudden high-level passages will always be audible, no matter 
how good the compressor is. For example, if the compression 
ratio is 20:1, then the change in output level for an input signal 
that is 2 dB above threshold will be 0.1 dB. For an input signal 
of +20 dB, the output level will be + 1 dB. Audible changes of 
this sort can become especially intolerable if a single broad¬ 
band compressor processes, say, a well-modulated timpani or 
bass drum with an orchestral background. The high-level peaks 

will punch holes in the sonic “picture." 
Yet another change of audio signal also occurs when a peak is 

applied to a compressor. The gain-controlled amplifier and its 
side-chain receive the peak simultaneously. For the first 
moments until the side-chain is activated and the control 
signal changes the amplifier gain -the peak is going through 
full-blast. The phenomenon is well-known as overshoot. 

Figure 2. The standard 75ms Pre-emphasis curve (solid 
line). The Dolby 25 ns curve is also shown (dashed line). 
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OUTPUT 
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Figure 3. (A) Characteristic compressor curves in the 
above-threshold mode; (B) Characteristic compressor 
curves in the linear mode. Here, dbx uses the term 'thresh¬ 
old' to identify the point (unity gain) which separates 
downward and upward compression. (Both graphs from 
AES Preprint 1505.) 

At this instant, depending on the combination of input level 
above threshold, attack- and release-times and signal spectrum, 
there will be several interesting transformations of the audio 
waveform. For example, if the peak fronts rise considerably 
faster than the compressor’s attack time, then high-frequency 
content may pass completely unattenuated, bringing up 
sibilance. However, faster attack times result in ringing and 
audible fluctuations of peak levels. Examples of both are shown 
in Figure 4. 

Release time determines speed of the gain change, moment-
by-moment. Under heavy compression, a release time can be 
chosen so that low and medium level passages are raised to the 
maximum levels, causing considerable increase in loudness. 
Such a combination also causes considerable change of the 
original wave form and presents a significant, and negative, 
difference in sonic quality. Figure 4 also shows sine wave 
bursts that are subjected to heavy compression with different 
release times. As the release time is shortened, loudness is 
increased, but sound pulses become abrupt (pumping) and 
noise of low-level passages will modulate the audio (breathing). 

In addition to sibilance as a result of excessive overshoot, and 
the sudden changes of level (ringing, pumping and breathing) 
which accompany fast release times, the heavy compressed 
audio creates another set of problems in the broadcasting 
loudness race. 

The AGC stage of a conventional broadcast compressor may 
create overshoots up to 30-to-40 percent. The audio-plus¬ 
overshoot enters the following (limiter) stage. The limiter reacts 
to the full level, thus reducing the audible signal to a level 
considerably lower than it should be. For example, if an audible 
peak in the limiter is +10 dB, with an additional 3 dB of 
overshoot, then the level which will be reduced is 13 dB. 

In turn, the limiter creates its own overshoot level, which is 
monitored by the modulation monitor. The overshoots, mostly 

inaudible, trip the monitor at 100-percent modulation level, 
leaving the audible signal below the limit of modulation. Now, 
the station is not “loud" enough: compression is increased, and 
things go full circle. With increased compression, the 
meaningful audio is held down by inaudible overshoot on the 
modulation monitors, and the desired loudness again calls for 
more compression. This is what happens if the overshoot is not 
controlled. 

Unfortunately (for the listener), overshoot is often controlled 
by clipping. Some designers glibly label their clippers 
“instantaneous limiters," which they certainly are. Clippers cut 
off excessively fast peaks at some pre-determined level, 
regardless of the initial wave front. Clipping, in combination 
with heavy compression, virtually guarantees that overshoots 
will be audible, by adding harmonic content to the audio signal. 
For example, clipping of just over one percent becomes audible 
with classical or semi-classical music. A listener’s sensitivity to 
clipping also increases with decreasing loudness, which makes 
home listening very critical. 

All these ills would have less effect on listening if the 
compressor was only used as initially intended; the dynamic 
range of the music would be left to the artistic judgement of the 
performers and record producers. 

It is unlikely that broadcast compression will soon (or 
perhaps, ever) return to this simplified state. However, a 
periodic review of compression procedures should be given as 
much attention as the required Proof-of Performance tests. In 
the recording studio, the engineer gives each compressor a lot of 
attention, as he strives to create a competitive “sound.” In the 
broadcast studio, the compressor may fall into the “set-it-and-
forget-it" category. Although moment-by-moment knob¬ 
twiddling is neither practical or possible, the compressor could 
possibly stand a little more attention than it has been getting. 

METERING 
VU meters with an integration time of 300 milliseconds don’t 

truthfully show the levels of peaks which happen to be shorter 
than 300 milliseconds. Sometimes, when two programs look 
about the same on the VU meter, but somehow sound different, 
the chances are that the peak content of the two is different. In 
this circumstance, the difference is usually minimized by 
compression—loudness is just an extra benefit. If the desire is to 
avoid consistency in levels without introducing heavy 
compression, a combination of VU and peak-program meters 
can be effectively used for monitoring the levels. 

A 1,000 Hz sinewave which reads 0 VU should read 6 dB on 
the PPM. Then, program peaks of 300 milliseconds or longer 
will show the same levels on VU and PPM. Faster peaks will 
remain basically the same on the PPM, and will show lower 
levels on VU meters. The configuration helps to avoid 
overloads and to control average-to-peak ratio of program 
material, which is the key to consistency. 

TEST TAPES 
There is no wri'ten standard for setting levels in a broadcast 

production studio. Ampex test tapes use a reference fluxivity of 
185 nWb/M. Magnetic Reference Laboratory uses 200 
nWb| M, and the DIN standard widely used in Europe—is 
320 nWb/M. Tape recorder output level may be anywhere from 
0 dBm to +8 dBm, or higher. Good engineering practice calls for 
measurements of head room and signal-to-noise in order to 
determine the proper levels. In the US, +4 or +8 dBm is 
commonly used as line level. In Europe, the accepted level is +6 
dBm. 

CONSOLES 
Published specifications of broadcast consoles may give few 

clues as to how the device will sound. For example, information 
about slew rate is often omitted. However, slew-induced 
distortion causes intermodulation products, which degrade 
sonic quality. To prevent objectionable results, slew rates of 
amplifiers should measure about one volt-per-microsecond, for 
each output volt. 



SINE WAVE BURSTS NOISE OR BACKGROUND 
LEVEL BETWEEN BURSTS 

ATTACK TIME ATTACK TIME 

RELEASE TIME RELEASE TIME 

Figure 4. (A)Aseries of sine wave bursts;(B) The effect of 
varying the attack time; (C) The effect of varying the 
release time, after heavy compression. 

Since broadcasters deal with pre-recorded material, which is 
a number of generations removed from the original master tape, 
some will claim that the quality of broadcast electronics can be 
lower than that which is necessary for the original recording. 
But since these recordings have already been through a number 
of transformations, it is absolutely necessary to preserve 
whatever transparency, aliveness, presence and clarity is still 
there. Therefore, the broadcast console must take advantage of 
the latest state-of-the-art technology, rather than relying on 
“second-best" or worse. 

TRANSFORMERS 
Many people feel that one of the major sources of audio 

degradation is the transformer. It is cited as a cause of linear and 
non-linear distortion, poor phase response, hum pickup and 
sonic coloration. 

The use of transformers in broadcast production and on-air 
operation may be particularly ill-advised, since they overshoot 
and ring like any other inductance. Transformer specifications 
are usually presented for high-level conditions, but it is at low 
levels (- 10 dB and lower) where performance becomes critical. 
Microphone preamplifiers are especially critical, yet 
transformerless designs are still uncommon in broadcasting. 
However, it is well-known that a transformerless preamplifier 
can be easily designed, based, for example, on the LM 394 
integrated circuit, with monolithic super-matched transistors. 
The Trans-Amp transformerless microphone preamplifier is 
commercially available (from Valley People, Inc.), and is a part 
of recording consoles manufactured by MCI, Tangent, 
Harrison, Soundcraft and others. Most of these consoles 
feature the complete absence of transformers. 

CONCLUSION 
While this article is by no means a step-by-step guide to de¬ 

bugging the broadcast studio, it does point out a few areas in 
which a closer scrutiny may reveal the need for a little corrective 
maintenance. In many cases, sources of audio deterioration are 
identifiable, and therefore, curable. ■ 

Remember that a test tape (or, for that matter, any 
tape) does not have a “plus-four” (or “plus-whatever”) on 
it. It has a “reference fluxivity of ‘X’ nanowebers-per-
meter.” It’s up to you (and the playback level control) to 
decide what level that will represent. Typically, it is 
“zero" on the tape machine’s meter, and “plus-whatever" 
at the output plug (+4, +8, etc.—depending on how the 
machine was wired at the factory). 

Of course, the output level of the recorder has no effect 
whatever on the fluxivity of the recording made on the 
machine. However, the reference fluxivity of the last test 
tape used does have an effect. 

When a machine has been set up with test tape ‘A’, the 
output level, when playing back test tape ‘B’, will be 
higher (or lower), according to the formula; 
NdB = 20 log A/B 

A and B are the reference fluxivities of the two test tapes. 
Of course, a “zero” on the meter will always produce 

the same output level, but if that zero now represents a 
recorded fluxivity of 320 nWb/M rather than 185, it 
means that a higher input level (in this case, 4.76 dB) was 
applied to the tape. 

Therefore, if a program is recorded simultaneously on 
identical machines that have been aligned with different 
test tapes, an A/B comparison during the recording 
session will show no difference in playback level. 
However, if either tape is played back later on the other 
machine (A-on-B, or B-on-A), a level difference of N dB 
will show up. If both tapes are interchanged, there will be 
a level difference of 2N dB between machines. 

Although playback levels can be corrected by re¬ 
balancing, using the test tone at the head of the recording 
(you did remember to record one, didn’t you?), the tapes 
cannot be spliced together, unless you don’t mind sudden 
level jumps at the edit points. ■ 
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MICHAEL RETTINGER 

Restricting Sound 
Radiation: Theory vs. 
Practice 

Want to keep the sound level up w ithout having the 
neighborhood up in arms? If long horns turn out to be impractical, 
perhaps a sound shield holds the answer. 

I
n a residential area near an outdoor entertainment fa¬ 
cility, the difference between acceptable and non-acceptable 
sound levels produced by the sound reinforcement system 
may only be a matter of some 10 d B. Yet it is unwarranted 

to ask performers to lower their music level, or to reduce the 
gain of the house amplfiers by that much. It may also be im¬ 
possible to introduce a sound shield or noise barrier of suffi¬ 
cient height between the amphitheatre and the residential 
area to achieve satisfactory reduction of sound levels. (For 
more about this type of barrier, see the author’s "Sound Rein¬ 
forcement Systems in Amphitheatres” in the May, 1980db-Ed.) 

What then can be done to pacify the residents, short of hous¬ 
ing in the entertainment area? One possibility theoretically, at 
least—is to design a horn system that will limit coverage to the 
theatre audience, with sufficient off-axis attenuation to 
satisfy the neighbors. At mid- and high-frequencies, this may 
be no problem, but specially-designed long horns will probably 
be required to satisfactorily handle low frequency response. 

Long horns? It is well-known that the directional charac¬ 
teristics of a horn become narrower as the horn becomes 
longer, assuming its throat area to remain constant, as well as 
its flaring constant, or taper; that is, the factor by which the 
cross-sectional area of the horn becomes larger with distance 
from the loudspeaker at the throat. 

HORN DESIGN THEORY 
For an exponential horn, the fundamental design equa¬ 

tion is: 

D.X _ 5mx 

Do _ e

Dx = horn mouth diameter 
Do = horn throat diameter 
m - taper of the horn 
X - horn length 
e = 2.718 (epsilon) 

Michael Ret linger is an acoustics consultant and author 
of "Acoustic Design and Noise Control. ” 

TAPER 
The taper of an exponential horn is proportional to the horn’s 

cut-off frequency, and is given by the formula: 

fc = cut-off frequency 
C = velocity of sound, in feet-per-second 
For best results, the cut-off frequency should be an octave 

lower than the lowest frequency which the horn is to reproduce. 
Thus when 100 Hz is the lowest frequency. = mO.555. 

HORN THROAT DIAMETER 
This may be as large as 1.5 feet, when the horn is to be used in 

conjunction with a large-diameter woofer. When a single 
woofer is used, the throat diameter is made a little smaller, to 
achieve better loading for the diaphragm. However, when two 
woofers are installed on a single horn, the diameter of the throat 
may be even larger than 1.5 feet. 

HORN MOUTH DIAMETER 
The horn mouth diameter is equal to N X, where X is the 

wavelength of the lowest frequency to be reproduced. 
N is the ratio of mouth diameter-to-wavelength. It may be 

found from the graph in Figure 1, once the required coverage 
angle has been specified. The radiation angle which is half the 
coverage angle—is that angle at which the sound pressure level 
is down 10 dB. (Some designers specify the radiation angle as 
the 6 dB-down point Ed.) 

To achieve a 10 dB reduction in sound level at any angle, the 
sound pressure at that angle should be .316, as compared to 
unity at zero degrees (SPL = 20 log .316/1 = -10 dB Ed.). 
Referring again to Figure 1, the value of N for radiation angles 
up to 60 degrees may be found. From the graph, note that the 
larger the horn mouth diameter (and therefore, N), the smaller 
the radiation angle (for low frequencies). Figure 2 shows that 
this is due to the greater path length difference, L, for radiations 
from a large piston (i.e., mouth diameter) than from a small 
one, at the same radiation angle. The greater the path-length 
difference, the lower the frequency at which destructive sound 
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Fourth big printing of the ---_ 
definitive manual of recording technology! 
‘ John Woram has filled a gaping hole in the audio litera¬ 
ture. This is a very fine book ... I recommend it highly. 
—High Fidelity. And the Journal of the Audio Engineering 
Society said, A very useful guide for anyone seriously 
concerned with the magnetic recording of sound. ” 
So widely read ... so much in demand . . . that we’ve had 
to go into a fourth printing of this all-encompassing guide to 
every important aspect of recording technology. An indis-
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The Decibel 
Sound 

II. Transducers: Microphones 
and Loudspeakers 
Microphone Design 
Microphone Technique 
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III. Signal Processing Devices 
Echo and Reverberation 
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Magnetic Recording Tape 
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Principles 
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VIII. Appendices 
Table of Logarithms 
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Frequency, Period and 
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Conversion Factors 
NAB Standard 
Bibliography 
Glossary 

pensable guide with something in it for everybody 
to learn, it is the audio industry's first complete 
handbook on the subject. It is a clear, practical, 
and often witty approach to understanding what 
makes a recording studio work. In covering all 
aspects, Woram, editor of db Magazine, has pro¬ 
vided an excellent basics section, as well as more 
in-depth explanations of common situations and 
problems encountered by the professional engineer. 

It s a "must" for every working professional . . . for 
every student... for every audio enthusiast. 

8 clearly-defined sections 
18 information-packed chapters 
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Figure 1. The curve above finds the value of N that will 
give a 10 dB reduction at any radiation angle, from 0 to 60 
degrees. 
Example: At a frequency of 100 Hz, what is the mouth 
diameter required for a 10 dB reduction at 30 degrees? 
From the graph, at 30 degrees, N - 1.75 
D = N = 1.75 (11.28) = 19.75 feet 
Note: at 30 degrees, a practical low frequency horn may 
be down 10 dB at about 500-to-1.000 Hz. At 100 Hz, the 
-10 dB pont may not occur until about 100 degrees. 

interference occurs. The calculations of the effect were first 
made by Lord Rayleigh in 1878. (See “The Theory of Sound" 
Dover Publications, Volume 2, para. 302.) 
Figure 3 plots the directional characteristics of an 

exponential horn for various values of N, to re-emphasize that, 
for a constant frequency, and therefore for a constant 
wavelength, the larger the diameter of the horn mouth, the 
narrower is the directional response. 

CALCULATING HORN LENGTH 
If we re-write the fundamental equation for an exponential 

horn, given above, we may determine the horn length, x. 

log N X - log D> 
X = ,217tn 

N - I.75 (from FIGURE I) 
A = 11.28 (wavelength of 100 Hz) 
Do - 1.5 feet (for a large-diameter woofer) 
m = 0.555 (calculated above) 

Figure 3. Directional characteristics on an exponential 
horn for various ratios of horn mouth diameter to the 
wavelength of the sound radiated by the horn. 

From our calculations, it appears that, in order to achieve a 
IO dB low-frequency reduction at 30 degrees off-axis, we shall 
need a horn that is over 9-feet long, with a mouth diameter of 
almost 20 feet! Obviously, such a horn is not readily available 
on the open market, and other methods must be used instead. 

For example, in order to use readily available loudspeaker/ 
horn combinations for sound reinforcement systems, without 
directing an objectionable amount of sound into nearby 
residential areas, large sound-absorbent baffles may be placed 
about the radiators. When the noise-sensitive area is in the 
longitudinal direction of the loudspeakers, the baffle is placed 
horizontally over the radiators. When the neighborhood is to 
the side of the radiator, the baffle may be placed vertically near 
the speaker, as shown in Figure 4. 

Sometimes, an attempt is made to cover the front part of the 
seating area with the sound radiated from the stage speakers, 
and the rear portion with speakers at the back wall, radiating 
towards the stage. However, this kind of system must be very 
carefully set up. because it may become disturbing to the 
performers on stage, if they can hear the delayed sound from the 
rear speakers. 

It is not advisable to set up an array of speakers in the rear, 
whose reproduction—directed towards the stage is I80 
degrees out-of-phase with the stage speakers, to obtain a “dead 
wall" or segments of silence. Such ideas work well on paper, but 
are ineffectual in practice. ■ 

Figure 4. Horizontal and vertical baffles about a practical 
loudspeaker/horn system to reduce the radiation of 
objectionable sound levels into adjoining noise-sensitive 
areas when the entertainment facility is in the open. 

Figure 2. For the same radiation angle (30 degrees), the 
greater the path length difference, the lower the fre¬ 
quency at which destructive sound interference results. 

p 



4^ Application Notes 

Audio Pad Design Update 

IN the MAY db. our Application Note on Audio Pads listed a computei program useful for designing T and H pads. 
However, every now and then, the program will indicate 
that a negative resistance value is required. (For those who 

wrote in explaining why this may happen. 
This is encouraging for those who fear that computers will 

eventually take over the world, for it illustrates again that the 
poor things are really quite stupid, and certainly not smart 
enough to do anything dreadful all by themselves. (Of course, 
they're just marvelous for wreaking havoc with a little human 
help, but that’s another story.) 

Anyway, our computer has not been programmed (yet) to 
reject the impossible request, hence the occasional “minus" 
value, when the human operator forgets about “insertion 
losses." The Audio Cyclopedia defines insertion loss as, “the 
loss created by the insertion of a device in an electrical circuit.” 
In other words, a pad may be designed for any value of 
attenuation greater than its own insertion loss. It may not be 
designed for losses that are less than the insertion loss. 

The insertion loss for a pad depends upon its input (Zi)and 
output (Z?) impedances, and is found from the formula: 

20 log (S + V S2 -1 S = / Zi 
V Z2

As pointed out by reader W. C. Stuchell, a simple addition to 
our program will calculate the minimum insertion loss of any 
pad. Simply add the following lines to the program; 

32 L = 20*LOG ((Zl/Z2)\5 + (Z1/Z2 - l) A5)/2.302 
34 PRINT “MINIMUM LOSS IS ‘;L;’ DB.” 

Since most personal computers use natural logs (base 2.718) 
rather than the more-familiar common log (base 10), the value 
of 2.302 in line 32 performs the necessary conversion. 

For a pad with a 600-ohm input impedance, and a 500-ohm 
output impedance, you should now discover that the minimum 
insertion loss is 3.76 dB. Therefore, if you design such a pad for 
a loss of less than 3.76 dB, be prepared to encounter a negative 
resistance. 

As a “double protection,” the program can be designed to 
ignore impossible requests, by adding another line: 

75 IF A(N) < L THEN PRINT “AN ATTENUATION OF 
’;A(N);’ DB IS NOT POSSIBLE. TO CONTINUE, 
PLEASE ENTER A VALUE GREATER THAN ‘;L:’ 
DB." GOTO 60 

This line simply discards values that would require a negative 
resistance. The program returns to line 60 to await further 
entries. 

DESIGNING BRIDGED-T PADS 
Mr. Stuchell also sends along a program for calculating the 

resistance values for a bridged-T pad, which may be used only 
when Zi = Zi. The following lines, added to our May program, 
will produce the desired values of resistance. 

292 VTAB 15 
293 IFZ1 < >Z2THEN PRINT“- BRIDGED-T PAD IS 

NOT POSSIBLE—":GOTO 300 
294 PRINT “B-T PADS”; 
295 PRINT TAB ( 10) “R1 ,R2 = 
296 PRINT TAB (20) “R3 = 
297 PRINT TAB (30) “R4 = ” 

490 IF ZI = Z2 THEN GOSUB 800 

680 VTAB 22 (or whatever number will put the cursor at the 
bottom of the CRT display) 

800 R3 = Z1/(K - 1) 
810 R4 = Z1*(K-1) 
820 VTAB (N + 16) 
830 PRINT A(N); “ DB"; 
840 PRINT TAB (10)Zl; 
850 PRINT TAB (20) INT (R3 * 100 + .5)/100; 
860 PRINT TAB (30) INT (R4 * 100 + .5)/100 
870 RETURN 

Lines 250 and 440 are changes to the original program, to 
make room on the CRT display for the additional information. 

Lines 292-to-297 are simply the column headings for the 
new data. 

Line 490 sends the program to line 800, where a sub-routine 
does the necessary calculations, but only if the input and output 
impedances are equal. Otherwise, the lines 800 and above are 
ignored. 

Line 680 simply puts the cursor at the bottom of the screen 
when the program is over. Otherwise, it may wind up in the 
middle of the bridged-T data display. 

Lines 800-to-870 calculate the values for R j and R4, and then 
display them on the screen. R4 is a new resistor, wired in parallel 
with the series combination Ri and Ri. R , and Ri are equal to 
the input (or output) impedance, and therefore don’t have to be 
calculated. ■ 

Note: For those who took us up on the invitation at the bottom 
of the May Application Note, your “compsub" is on the way. 
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The AES Audio Workshop Program 
The 67th convention of the Audio Engineering Society will be held in New York City 
later this month (31 October-3 November) at the Waldorf-Astoria Hotel. Of special 
interest to db readers is the much-expanded workshop program being offered this 
year. With nine sessions, this will be the Society’s biggest-ever workshop. As before, 
the emphasis is on the practical—rather than theoretical—application of new tech¬ 
nology. 

For the benefit of db readers who are planning to attend the convention, here’s 
a brief outline of the workshop schedule. 

Friday, October 31 9:00 AM 
DIGITAL EDITING 
Chairman: Peter Jensen, Digital Recording Systems Co., 

New York, N.Y., and Elkins Park, Pennsylvania 
Tapes recorded in the various digital formats must be edited to 
make final master tapes. A panel of experienced userswill com¬ 
pare the editing capabilities available with each current system, 
with special emphasis on convenience, accuracy, and cost. Sev¬ 
eral digital systems will be demonstrated. 

Friday, October 31 2:00 PM 
SOUND REINFORCEMENT 
Chairman: David M. Andrews, Andrews Audio Consultants, 

New York, New York 
A panel of sound-installation professionals and equipment man¬ 
ufacturers will discuss common problems encountered in the 
development and installation of contemporary sound reinforce-
meny systems. Areas for specific discussion will include archi¬ 
tectural acoustical materials and room treatments, equalization 
and testing, and the use of delay lines. 

Friday, October 31 7:00 PM 
HIGH-SPEED DUPLICATION 
Chairman: Tim Cole, MTI Corporation, Montclair, New Jersey 
A panel of manufacturers and users will discuss the state of the 
art of the duplication process. Duplicating and other production 
equipment for varying levels of capacity as well as magnetic 
heads and tape will be covered in preliminary remarks. An open 
forum will follow to discuss common problems faced by the 
duplicator in the areas of standards, quality control, and raw 
materials. It is hoped that this workshop will begin a continuing 
dialogue among tape duplicators at future conventions. 

Saturday, November 1 9:00 AM 
POTENTIALS OF PERSONALIZED, PRIVATE 
RECORDING STUDIOS 
Moderator: Larry Blakely, Cameo, Framingham, Massachusetts 
A panel of experts will discuss the private recording studio and 
the role it will play in the future of the record and music business. 
With the major changes taking place in today s record industry, 
the private recording studio will likely hold a vital position in the 
exploration and promotion of new recording artists. The panel¬ 
ists will discuss many facets of the private recording studio from 
the viewpoint of the record industry, producer, musician, and 
recording engineer. 

Saturday, November 1 2:00 PM 
EDUCATIONAL FAIR 
Chairman: Almon Clegg, Panasonic, Secaucus, New Jersey 
A gathering of representatives of universities and educational in¬ 
stitutions offering courses in audio will be on hand for personal 
discussions with prospective students. Information will be pro¬ 
vided on entrance requirements and curriculum, with details of 
special courses available of interest to those entering or involved 
in the audio field. 

CM 
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Saturday, November 1 7:00 PM 
VIDEO FOR AUDIO 
Chairmen: Jack Zupko and Tom Bentz, Panasonic, 

Secaucus, New Jersey 
The merging of the audio and video arts makes it imperative that 
the engineer who is expert in one of these fields be at least cog¬ 
nizant of the fundamentals of the other. Designed for the audio 
engineer who must deal with the interfacing of the two tech¬ 
nologies, this workshop will provide an introduction to video 
equipment, a basic discussion of the NTSC system, and an ex¬ 
planation of the specifications and terms used in the video 
world. A question and answer period will follow the presentations. 

Sunday, November 2 2:00 PM 
MICROPHONE TECHNIQUES FOR RECORDING AND 
BROADCASTING 
Chairman: Robert B. Schulein, Shure Brothers, Inc., 

Evanston, Illinois 
The knowledge of microphone techniques and how they are 
used to create desired audio illusions is absolutely necessary 
for audio professionals. With the aid of examples and demonstra¬ 
tions, the presentations in this workshop will lay the theoretical 
foundation for these techniques, and will discuss in practical 
terms their application to recording and broadcasting situations. 

Monday, November 3 9:00 AM 
AUDIO IN MEDICINE 
Chairmen: Martin Polon, Audio and Video Consultant, UCLA, 

Los Angeles, California, and Associate Editor. 
Video Magazine, New York, New York and 
Philip Kantrowitz, Bronx, New York 

A panel of experts will discuss the effects of sound on the human 
body, with particular emphasis on its relationship to heart 
diseases and body damage. 

Monday, November 3 9:00 AM and 2:00 PM 
MULTITRACK TAPE RECORDER MAINTENANCE 
Chairman: John R. French, JRF Company, Hopatcong, 

New Jersey 
Most manufacturers of multitrack tape recorders will be repre¬ 
sented at this double session. Each manufacturer will orovide 
one or more machines along with field-engineering personnel 
to discuss the recommended procedures for alignment, trouble¬ 
shooting, and preventive maintenance. There will be separate 
areas for each manufacturer so that several can be visited in 
one session. 
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FOR SALE 

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

BEST PRICE—IMMEDIATE DELIVERY & 
FREE consultation on TEAC Tascam 
Ampex, Sennheiser, Eventide. Studio 
Master. UREI, BGW, EV, Lexicon. ADR, 
Orban, JBL, Beyer, AKG, Technics 
MXR & more. Paul Kadair's Inc., Baton 
Rouge, Louisiana, (504) 924-1001. 

FOR SALE: EVENTIDE 910 harmonizer 
(all option), Eventide 1745 DDL; as 
packaged. RPM Sound Studios, 12 E. 12th 
St., N.Y.C., NY 10003, call (212) 242-2100. 

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. 

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. 

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. 

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

TEST RECORD for equalizing stereo 
systems; Helps you sell equalizers and 
installation services. Pink noise in 1 3-
octave bands, type QR-2011-1 (S) $38 00 
Used with various B & K Sound Level 
Meters Bruel & Kjaer Instruments. Inc., 
185 Forest Street. Marlborough. Mass.. 
01752 

FOR SALE: (2) AKG 451-EB's with CK1 
Capsules, (2) AKG 414-EBs, (1) AKG 
BX10, (1) Mellotron, (1) Farfisa VIP 345 
Organ. Contact Clay at: (516) 921-9421. 

CANADIANS! 
Interested in semi-pro 
multitrack recording? 
Headquarters for 

gajCUWl dbx TEAC TASCAM 

RICHARD AUDIO INC. 
SnerDtOOkP Si W MonUea QueOecH4AlY 

BX20 AND BX10 AKG reverberation sys¬ 
tems. FOR IMMEDIATE DELIVERY. UAR 
Professional Systems, 8535 Fairhaven, 
San Antonio, TX 78229. 512-690-8888. 

FREE CATALOG 4 AUDIO APPLICATION? 

Ö OPAMP 
V/ i A ß s i V 

CONSOLES 
KITS A WIRED 

AMPLIFIERS 
MIC , EQ AC N UNE. 
TAPE.DISC, POWER 

OSCILLATORS 
AUDIO. TAPE BIAS 

POWER SUPPLIES 
>033 N SYCAMORE AVE 
LOS ANGELES. CA 9OO3B 
(213) »34 -3566 

PROFESSIONAL AUDIO EQUIPMENT 

Shop for pro audio from N.Y.’s leader, 
no matter where you live! Use the Har¬ 
vey Pro Hot-Line. (800) 223-2642 
(except NY, AK, & HI) Expert advice, 
broadest selection such as: Otari, 
EXR, Ampex, Tascam and more. Write 
or call for price or product info: 
Harvey Professional Products Division 

2 W. 45th Street 
New York, NY 10036 

(212) 921-5920 
UI 
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ATTENTION DEALERS AND DISTRIB¬ 
UTORS: PROFESSIONAL TEST CAS¬ 
SETTES—DOLBY REFERENCE LEVEL. 
Pre-recorded professional test cassettes 
and 'A" reel to reel tapes are now available 
fordistribution to the serious home record¬ 
ing enthusiasts and audio purist. Send for 
FREE catalog: Dept. 101, db Magazine, 
1120 Old Country Road, Plainview, New 
York 11803. 

AMPEX AG-350-2: consoled, $1300.00; 
unmounted. $1100.00. Crown 800 trans-
ports-quad heads. $500.00; with elec¬ 
tronics, $650.00 Magnecord 1028-2 
$225.00; no electronics $75.00. (215) 
338-1682. 

LEXICON 224 Digital Reverberation. FOR 
IMMEDIATE DELIVERY. UAR Profes¬ 
sional Systems, 8535 Fairhaven, San An¬ 
tonio, TX 78229. 512-690-8888. 

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 
94525. 

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

lamp you’ve been looking for! 
Grèat for turntables . . . preamps . . . keyboards . 
. . amps . . . music stands . . . lecterns . . . mixers 
. . . light boards . . . clipboards . . . anywhere you 
need a little light. 

Littlite-1: Detachable 12" lamp. bulb, base with 
dimmer, wall-plug-in power supply, storage clips 
and mounting hardware. $44.95 

Littlite-2: Same as Littlite 1. but with fixed 
lamp. $34.95 

Add $1 per order, shipping. 
30 day money back guarantee. 

Send check or money order to: 
Custom Audio Electronics. Inc 
Dept. DB1080 
2828 Stommel Road 
Ypsilanti. Michigan 48197 

Send for our FREE Catalog of lamps & ac¬ 
cessories or see your dealer. • 

«if ty -CONCERT SOUND 
" ^-PRO AUDIO SALES 

J  -RECORDING STUDIO 

CALF AUDIO 
157 Gray Road Ithaca NY 14850 <607>272 8964 

REMANUFACTURED ORIGINAL equip¬ 
ment capstan motors for all Ampex and 
Scully direct drive recorders, priced at 
$225., available for immediate delivery 
from VIF International, PO Box 1555, 
Mtn. View, CA 94042, phone (408) 739-9740. 

AMPEX SPARE PARTS; technical support; 
updating kits, for discontinued pro¬ 
fessional audio models; available from 
VIF International, Box 1555, Mountain 
View, Ca. 94042. (408) 739-9740. 

TEAC MODEL 10 MIXER. Repossessed. 
2 months use. 8x4, $1200 complete. 
Will sell in and out channels $100.00each. 
New mike closeout: Beyer M64Nc $29.95, 
Beyer M260NC $114.00, Beyer M160NC 
$183.70, Beyer M67NC $91.00... E.V. 
PL76 $89.00, E.V. PL77 $99.00, E.V. PL91 
$66.40, E.V. PL95 $79.00...AKG D202 
$99.00, AKG C505E $99.00, AKG D190 
$56.00, AKG D200E $79.00...E.V. Speak¬ 
ers 12" $99.00, E.V. Speakers 15" $109.00 

Marguerite's Music, 2409 10th Street 
South, Moorhead, Minn. 56560. (218) 
233-7546. 

SCULLY 100,16tr mint condition $10,000. 
Teac 70, 4tr $1,800. Tascam 10 console 
16/4 $2,800. Automated Process 550 
EC’s 12 pcs, $200 each. Studio closeout, 
mikes, amps, etc. Send for list. W. Rossin, 
P.O. Box 7556, Philadelphia, PA 19101, 
(215) 665-0655 evenings. 

SCULLY, NEW and used: FOR IMMEDI¬ 
ATE DELIVERY. UAR Professional Sys¬ 
tems, 8535 Fairhaven, San Antonio, TX 
78229. 512-690-8888. 

RST’l DAI-201 DIRECT BOX 

NUTLET IT BLEED 

FOR SALE: NEVE CONSOLE 24 tr„ 
3M M79 24 tr. tape recorder, including 
brand new 16trkheadassm.,24tr Dolbys, 
3M M79 2 tr. w/Dolby, Crown & CM Lab 
pwr amps., UREI Speakers, UREI 1/3 
octave eqs., Kepex Rack, AKG BX-20 
reverb, everything needed for 24 trk 
studio $117,000 takes all. Call Tim 
Hunnicutt (602) 258-1610 or 258-9282. 

FOR SALE: EMT 250 DIGITAL Reverb. 
Mint condition. $17,000.00 (213) 399-9218. 

ELECTRO-VOICE SENTRY III, Sentry 
IV-B, and Sentry V studio monitor speakers. 
E-V raw speakers and pro-music products. 
Otari professional recorders. Best prices— 
immediate shipment. East: (305) 462-
1976, West: (213) 467-5725. 

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

PROFESSIONAL AUDIO IN TUCSON— 
Crown, Otari, Altec, Sound Workshop. 
AKG, MXR-Pro, dbx & more. Sales, de¬ 
sign, service and demonstration show¬ 
room. Autograph Pro Audio, 601 E. Black-
lidge Dr., Tucson, AZ, (602) 882-9016. 

101 RECORDING SECRETS MOST EN¬ 
GINEERS WON’T TELL, $7.95 Tune-
tronics, P.O. Box 55, Edgewater, N.J. 07020. 

I-

REBUILD YOUR MOTOR 

CAPSTAN MOTOR 
(AMPEX. SCULLY 7.5/15 IPS) 
Replace shaft or stator $140 

i Replace shaft and stator $210 
I Replace upper sleeve w/ballbearing 

Includes new shaft $160 
Includes new shaft & stator $230 

TAKE-UP & SUPPLY MOTOR 
Replace shaft or stator $95 

Replace shaft and stator $140 

I • Electrosound & 3.75/7.5 IPS motors 
price upon request 

I • All capstan shafts 440C stainless 
I • Take-up & supply motors, mfrs 
I original specifications 
I • 3/6 weeks ARO—(201) 429-8996— 

Warranty 
I • Shipments UPS COD unless credit 
i established. 

' 9 Westinghouse PI., Bloomfield. NJ 07003 

DICKINSON 
i Auth. Ampex Repair Station 

I_ 



ORBAN. All products in stock. FOR IM¬ 
MEDIATE DELIVERY. UAR Professional 
Systems, 8535 Fairhaven. San Antonio, 
TX 78229. 512-690-8888. 

FOR SALE USED CROWN SA-2 amp, M-
600 mono amps. Dayton Wright Electro¬ 
static speakers XG8-Mark III. Call Jim 
(215) 322-6358. 

AKG BX-20 REVERBERATION system. 
Demo—Good condition $2,900.00. Sonics 
Associates, Inc. (205) 942-9631. 

USED RECORDING equipment for sale 
Soon to be in Hollywood. Dan (415) 
232-7933. 

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 

LEXICON 224 DIGITAL Reverberation 
System. In stock, immediate delivery, 
(special sale price). Sonics Associates, 
Inc. (205) 942-9631. 

NAB ALUMINUM FLANGES. We manu¬ 
facture 8 ", 107?", 127/’, 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 Ave., Batavia, N.Y. 
14020. (716) 343-2600. 

'A-INCH TAPE duplicating system. Six 
Crown 800 transports. New 4-channe" 
heads. Solid state. Mint. $4,200.00. (215) 
338-1682. 

SELLING SCULLY 284B 8 TRACK, Quan-
tam QM128 12 x 8 board in-producer’s 
console, and miscellaneous. Make offer(s). 
(612) 253-6510. 

PRO-SOUND equipment. Specializing in 
phone and mail orders. Free discount 
catalog. Write or call Sonix Co., Dept. D, 
P.O. Box 58, Indian Head, MD 20640 
(301) 753-6432. 

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

SERVICES 

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

JBL AND GAUSS 
SPEAKER WARRANTY CENTER 

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

CUTTERHEAD REPAIR SERVICE for all 
models Westrex, HAECO, Grampian 
Modifications done on Westrex. Quick 
turnaround New and used cutterheads 
for sale. Send for free brochure: Inter¬ 
national Cutterhead Repair, 194 Kings Ct., 
Teaneck, N.J. 07666. (201) 837-1289. 

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

WANTED 

WANTED: SET OF USED HEADS 16 or 24 
track in useable condition at reasonable 
price. Also looking for all kinds of periph¬ 
eral audio gear in any condition. Call or 
write stating description and price Shell, 
Box 304, Falls Church, VA 22046, Tel. 
(301) 772-7625. 

EMPLOYMENT 

WANTED: POSITION as a 1st or 2nd | 
recording engineer, or position with a I 
good professional sound company or i 
professional audio equipment company— I 
sales. Experience in studio recording, live 
Sound reinforcement, video work and 
audio installations. Good, hard, efficient 
worker. Eddie—(205) 263-6353. 

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

University Microfilm, Inc. 
300 North Zeeb Road 
Ann Arbor, Michigan 48106 

Keep 

db 
in 

sound 
order! 

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

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

Just $7 95 each, available in 
North America only (Payable 
in US. currency drawn on U.S. 
banks.) 

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

YES! Please send_ db binders 
@ $7.95 each, pljs applicable sales 
tax Total amount enclosed $_ 

Name_ 

Company_ 

Add re ss_ 

City_ 

Slate/Zip—_ 
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People/Places/Happenlngs 

• Bruce Martin and Norman Kassel of 
Martin Audio Video Corp., announced 
the appointment of Courtney Spencer 
to the position of Vice President. 
Mr. Spencer, currently the General 
Manager at Martin, will retain that 
position in addition to assuming his 
new executive capacity. 

• In a series of moves, Allen and Heath 
Brenell Ltd., announced the appoint¬ 
ment of three companies to act as official 
agents for AHB Ltd.’s range of pro¬ 
fessional audio products. ACI Filmways, 
of Hollywood, will be the new west 
coast agents, Otari Electric Company, 
Ltd., of Tokyo, the Japanese agents, and 
White Electronics, of Ontario, the 
Canadian agents. 

• Peter Giddings has been appointed 
International Sales Manager of Clear-
Com Intercom Systems. Giddings is 
co-founder of Beyer Dynamics of 
England, former VP of marketing for 
Revox Corp., and former Director of 
Marketing for Hammond Industries 
of England. 

• Robert W. Carr has joined Sescom, 
Inc., in Las Vegas, Nevada, as Vice 
President of Marketing. He had pre¬ 
viously been with Shure Bros., Inc. 

• James W. Beattie, General Sales 
Manager of Crown International Inc., 
recently revealed the sale of 140 model 
D150AIOC audio amplifiers to the 
U.S. Army and Air Force Exchange 
Motion Picture Service. 

• James K. Dobey, who retired last year 
from his post as the chairman of the board 
of Weils Fargo & Company, has been 
elected to the board of directors oi 
Ampex Corporation. Mr. Dobey is 
currently a director of National Gypsum 
Company and Wells Fargo & Company, 
and a trustee of the Wells Fargo Mort¬ 
gage and Equity Trust. 

• Brittania Row Studios, co-owned by 
the members of the British rock group, 
Pink Floyd, have been granted member¬ 
ship in the Association of Professional 
Recording Studios. They join Berwick 
Studios and Branston Studio as the 

îo newest members of APRS. 

• Robert W. Carver, President of Carver 
Corporation, Woodinville, Wash., has 
caused a Complaint to be filed in the U.S. 
District Court for the District of Massa¬ 
chusetts against Joel M. Cohen and 
Sound Concepts, Inc., Brookline, Mass. 
The Complaint, identified as Civil Action 
No. 80-1935-K, alleges infringement by 
Mr. Cohen and Sound Concepts, Inc., of 
U.S. Letters Patent No. 4,218,585 issued 
to Mr. Carver on August 19, 1980 and 
entitled, “Dimensional Sound Producing 
Apparatus and Method” by virtue of the 
manufacture, use and/or sale of the 
Sound Concepts IR2100 Image Restora¬ 
tion Control. The Complaint seeks dam¬ 
ages and injunctive relief. 

• Robert W. Ponto, known throughout 
the consumer electronics industry through 
his long term association with Shure 
Brothers, Inc., announced the formation 
of Roger Ponto Associates, Manufac¬ 
turers’ Representative in the Pacific 
Northwest. For the past three years, 
Ponto has been Vice President and part¬ 
ner in the representative firm of Fleehart 
& Sullivan, Inc. 

• James B. Lansing Sound, Inc. con¬ 
tinued its support of the Aspen Music 
Festival’s Audio Institute, a “hands-on” 
approach to teaching live recording 
techniques, which completed its third 
operating season August 24. JBL Vice 
President for Market Planning, John 
Eargle, past president of the Audio En¬ 
gineering Society and author of “Sound 
Recording,” visited the school to lecture 
at each of its three consecutively-run 
sessions held throughout July and Au¬ 
gust. In addition, the company donated 
several hundred Aspen Music Festival/ 
JBL T-shirts to the school for resale 
among students and concertgoers. 

• Karen White has been named Promo¬ 
tional Manager of the newly-renovated 
Concorde Recording Center in Los An¬ 
geles, according to Warren Entner, man¬ 
aging director of the studio complex. 
Additionally, White will serve as general 
manager of Mariner Productions, Ent-
ner’s in-house production company. 
White comes to Concorde after eight 
years as production assistant to record 
producer Steve Barri, four years of which 
were spent at ABC Records and the other 
four at Warner Brothers Records. 
White’s duties at Concorde will include 
general promotion of the studio and pro¬ 
duction coordination. 

• Professional Sounds, Inc. has ex¬ 
panded their design, installation, and 
maintenance operations to include the 
Nashville area. Their central office will 
remain in Falls Church, Virginia. 

• Shure Brothers Inc., Evanston, 111., 
has announced that William P. Finnegan 
has joined the company as Vice President 
of Marketing. In this new position, 
Finnegan will have responsibility for 
the marketing of all Shure products 
sold domestically and in foreign markets. 
In addition, he will be responsible for 
the company’s OEM sales. Finnegan 
comes to Shure from Quasar Company 
where he held the position of Director 
of Marketing. 

• Sound Ideas Studios has become the 
first New York studio to receive a 3M 
Digital Mastering System, consisting of 
four-track and 32-track recorders. 
“We’re taking a significant step in 
offering the quality of recording which is 
possible with the digital multi-track 
system,” says George Klabin, owner of 
Sound Ideas. To provide greater versa¬ 
tility to the artist, Sound Ideas’ digital 
system can be used in either newly re¬ 
built Studio A or in Studio C, which can 
handle up to 40 musicians. One of the 
first groups to test the multi-track 
system at Sound Ideas was the BT 
Express, a rhythm-and-blues instru¬ 
mental group recording for Columbia 
Records (producer), Morris Brown). 
Rhythm-and-blues, jazz and commercial 
jingles are Sound Ideas’ primary produc¬ 
tions. A digital commercial will be one 
of the first recordings with the multi¬ 
track system. Sound Ideas also offers 
3M’s electronic digital editing system 
and a digital preview unit. 

• Donald J. Linehan has been named 
Manager, Marketing Communications 
and Merchandising for 3M's Magnetic 
Audio/Video Products Division, Indus¬ 
trial markets, announced Jack B. Hanks, 
marketing operations manager. Linehan, 
who joined 3M in 1968, had been market¬ 
ing communications supervisor of 3M’s 
M.icrographics Products Division prior 
to this appointment. In his new position, 
he will be responsible for the develop¬ 
ment of sales promotion and merchan¬ 
dising materials as well as advertising 
programs for the business, educational, 
broadcasting, and professional record¬ 
ing markets. 
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miracles are 
often made. 

In the studio, 
in sound rein¬ 
forcement sys-

See your professional audio products 
dealer for full technical information. 

In the hands of a professional, an 
equalizer can work wonders. For the 
person who owns a UREI equalizer, 

terns, in broadcast radio and 
television production, a good 
engineer relies upon his talent and 
expertise. And. the UREI reputation 
for unparalleled professional 
performance and quality. 

Whether to correct or create. UREI 
offers a complete line of the most 
effective audio frequency shaping 
instruments available: 
The Model 535 Dual Graphic 
Equalizer 
Two channels of ten calibrated, step 
less, vertical adjustment controls 
with ±12dB boost or attenuation..Also 
available in a single channel 
version-Model 533. 
The Model 537 One-Third Octave 
Graphic Equalizer 
A single channel device, it provides 
±12dB of boost or cut in 27 ISO 
1/3 octave increments from 40Hz 
to 16kHz. 
The Model 539 Room Equalization 
Filter Set 
Specifically designed for room 
equalization, it offers 27 ISO 1/3 
octave calibrated adjustments from 0 
to -15 dB attenuation plus band-end 
tunable high and low-pass filters. 
The Model 546 Dual Parametric 
Equalizer 
Two independent channels. Each has 
four sections of continuously variable 
bandwidth, frequency, boost or cut; 
bypass for each filter sectioh and 
channel; tunable end-ciit filters; and 
30dB gain. Also available in a single 
channel version-Model 545. 

From One Pro To Another-trust all 
your toughest signal processing 
needs to UREI. 

The UREI 
Equalizers 

From One Pro To Another 
United Recording Electronics Industries 
84*0 San Fernando Road. Sun Valley, CaBfornia 91352 (213) 767-1000 Telex: 65-1389 UREI SNVY 
Worldwide: Gotham Export Corporation, New York; Canada: E.S. Gould Marketing, Montreal 
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AMPEX MM-1200. 
WHERE GREAT STUDIOS START. 

Select your multitrack recorder as carefully as the other 
facets of your studio. Select the Ampex MM-1200. 
Because it's the one multitrack recorder that can go 
through every change your studio goes through on its 
way to greatness. And still be as economical and easy 
to operate as the first great day you got it. 

Growth without growing pains. With the MM-1200. 
you'll seldom be faced with a situation you can't solve. 
Because the MM-1200 comes prewired to make upgrad¬ 
ing from 8 to 16, or 16 to 24-track operation simple and 
swift. And if adding channels won't solve your problem, 
the MM-1200's versatility will. Mastering, live sound rein¬ 

forcement, double system sound, video sweetening 
or film and TV production/post production are all jobs 
that the MM-1200 can handle. Built-in single point 
search-to-cue, elevated record level capability. 16" reel 
capacity and fast start times also help you grow. 

Performance you can depend on. The MM-1200 has 
proven itself under some of the most adverse conditions. 
The massive, stable top plate comes aligned and stays 
aligned ... through repeated sessions in the comforts of 
the studio, or on remote locations. 

Ampex keeps your options open. The list of optional 
acce.^ories for the MM-1200 is the longest in the busi¬ 

ness. You can add multi-point search-to-cue and store 
20 cue locations. This time-saving tape handling acces¬ 
sory provides tape time readout, cue point readout, 
‘ on-the-fly” cueing and more. Other accessories include 
the PURC’" Record Insert Controller, Search-To-
Cue Remote Control, and MSQ-100 Synchronizer for jobs 
that require more than 24 tracks. Contact your Ampex 
sales representative for complete details. 

AMPEX MAKES IT EXCITING 
Ampex Corporation, Audio-Video Systems Division 
401 Broadway. Redwood City, CA 94063 415/367-2011 
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All together now 
Every beat, every note, tone, nuance faithfully reproduced. Every mach ne 

AMPEX 
Ampex Corporation, Professional Audio Products Division 
M.S. 7-13, 401 Broadway 
Redwood City, California 94063 

faithfully reproducing in sync. Ampex, leader of the 16-channel revolution, 
strikes again! 
Now! The MM-1000 gives recording studios and teleproduction houses a new 
spectrum of creativity and quality. Now! The MM-1000 provides time and 
money-saving features offered by no other multichannel recorder. 
Recording studios can lay it down like never before with the MM-1000’s 
exclusive Capstan Servo accessories. Through the reel timing accuracy. 
Precise pitch. Variable speeds. Every sound the same because record and 
playback are exactly matched: whether standard 71/z, 15, 30 ips, or varied. 
Plus, 16 fully calibrated channels and the rugged reliability of the recording 
world's most popular multichannel recorder. 
Teleproduction houses can attain multichannel sync like never before with 
the MM-1000’s new Auditec System. Auditec, coupled with an automatic 
programmer provides direct synchronized linking of multichannel audio 
recorders with videotape recorders and station sync pulse. For the first time, 
multichannel audio can be recorded, programmed, and played back in auto¬ 
matic broadcast sync with other video and audio recorders. Producers and 
clients can change, correct, and approve synchronized sound and picture 
in one quick, convenient session. 

\ Get right on with the MM-1000’s. Ask your Ampex Representative about a 
, or write: 

Visit us at the Spring A.RS. Exhibit in the Los Angeles Hilton, Sierra Room, April 27-30. 
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COMING 
NEXT MONTH 
• Noted acoustic consultant Robert 
Hansen has written a down-to-earth 
article on the practical steps one must 
take in planning and actually building 
the studio. Every studio designer or 
would-be one will want to refer to it 
throughout his job. 

Sound Insulation Requirements for 
Rock Studios is the title of Michael 
Rettinger's latest contribution. He 
details how it is possible to keep rock 
in and rumble out of the recording 
studio. 

Part 2 of Acoustics for Audio Men 
by Melvin Sprinkle continues the 
basics begun in the March issue. This 
three-parter will prove to be a veritable 
textbook on the subject. 

And there will be our regular 
columnists: George Alexandrovich, 
Norman 11. Crowhurst, Martin Dick-
stein, Arnold Schwartz, and John 
Woram. Coming in db. The Sound 
Engineering Magazine. 

ABOUT 
THE 
COVER 
• Our cover this month requires little 
in the way of explanation. It is com¬ 
posed of many familiar (and some un¬ 
familiar) brands of microphone. Try 
your hand at identifying them. There 
are no prizes if you do. 
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George Alexandrovich 

THE AUDIO ENGINEER'S HANDBOOK 

FLAT FREQUENCY RESPONSE—WHEN, WHY and WHY NOT 

• Discussions about frequency re¬ 
sponse are as old as audio technology 
itself. Not so long ago scores of audio 
engineers and circuit designers were 
burning midnight oil trying to achieve 
better amplifier circuits, and correct 
frequency response of transducers and 
storage media. They were fighting a 
long battle against rolling off response 
at both ends of the audio spectrum 
with dips and peaks between. The 
advent of solid-state technology, 
supplemented by the efforts sponsored 
by computer and space system 
manufacturers, considerably changed 
the picture. We can purchase an 
amplifier today with frequency re¬ 

sponse flat from d.c. to the megahertz 
range. Yet, a lot remains to be done. 
This is not so much how flat we can 
make response, but how to control it 
in order to achieve clean, pleasant, 
true-to-life reproduction of a recording 
or performance. 

Flat frequency response of the 
audio chain, or a part of it, is 
important in certain instances. These 
may be remixing and mixdown 
operations, re-recording, broadcasting, 
or audio distribution functions. Audio 
signals passing through many stages of 
amplification and control, have to 
retain their balance in order for the 
output signals to resemble the original 

information. The term flat response 
actually refers more to over-all 
response, than to the performance of 
each part of the system. You may 
consider an amplifier which shows 0.5 
dB rolloff at 15 kHz flat; yet, if you 
have ten such amplifiers in a drain, the 
final result may be 5 dB rolloff at 
15 kHz. On the other hand, if you have 
several amplifiers, half of which have a 
dip at a certain frequency, and the 
other half have a peak equal in 
amplitude but opposite in sign, then 
such an amplifier chain can be 
considered being flat. It does not mean 
that this is how we should construct 
our systems, but serves as an 
illustration to the following discussion. 

in my audio experience over a 
period of more than twenty years, I 
have been acquainted with many 
recording-industry purists who believe 
that every step in sound recording 
should be identified with absolutely 
flat response be it transducer, ampli¬ 
fier, or studio. They do not recognize 
any form of sound compression, 
limiting, equalization, or any other 
forms of tampering with signals. They 
also believe in one microphone session, 
and most of the time they would not 
record anything else but classical 
music. At times, the results of their 
efforts may be satisfactory if they 
happen to get a good-sounding studio 
and the right equipment. Most of the 
time their recordings are noisy and flat 
sounding, and not acceptable by 
today’s standards. The trouble is that 
the sound you hear, even in the best 
hall, does not sell unless it is processed 
and enhanced just in the way color 
photography emphasizes certain 
colors. Let us follow the path of the 
audio signal from the musician to the 
speaker in your room. 

First of all, today’s micing 
techniques do something you can not 
do with one microphone, nor with a 
live orchestra. By placing a micro-
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Buss assignment and matrixing multichannel 
consoles don’t have to involve a hassle with 
640 buttons. Compact Audex switchers sim¬ 
plify console programming by reducing con¬ 
trols to a maximum of 22 buttons and a dial, 
grouped for one-hand operation. 

And the modular Audex switchers provide 
computer-like lighted digital display, for in¬ 
stant read-out. Gives the orofessional sound¬ 
man incredible speed, incredible versatility, 
plus easy add-on capab ility as needs in¬ 
crease. 

Audio Designs offers three Audex versions 
to cover the exacting requirements of the 
most sophisticated sound studio. Audex I 
separately switches a program source to 16 
program busses while preventing selection 

of more than one buss at a time. Audex II, 
when used as a buss assigner, will cumula¬ 
tively switch a source to any one or all 16 
program busses and 4 echo busses. 

Audex III matrixes multichannel consoles, 
accepting 20 input sources and combining 
them to a single output. And there’s 18 dif¬ 
ferent models to choose from! 

So don’t be beaten to the punch on com¬ 
plex switching projects. Audex can turn you 
into a champ—before you can count to ten! 

Write or call us collect for complete infor¬ 
mation on Audex switchers, or on our whole 
line, from special custom consoles, to stock 
consoles, to a complete line of component 
parts. 

AUDIO 
DESIGNS 

and Manufacturing, Inc. 

COMPONENTS 
& CONSOLES 
for audio recording 

15645 Sturgeon 
Roseville, M¡ch. 48066 
Phone: (313) 778-8400 
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NEW! 
PANNING AND 

SLIDERS 
ON A BUDGET 

EM-7S FOUR INPUT 
STEREO ECHO MIXER 

All features of our regular EM-7 
Mixer plus slide pots, panning active 
mixing and IC circuitry. Duplicates 
all big board effects when used with 
ES-7 echo unit and PEQ-7 equalizer. 

FOUR CHANNEL 
ACTIVE PEAKING 
TYPE EQUALIZER 

PEQ-7 

Update your EM-7 system or use 
with new EM-7S Mixer. Five Hi freq, 
peaking type curves, 1.5, 3, 5, 10 
and 20 kHz. Two Lo freq, curves, 40 
and 100 Hz. Boost or cut in steps of 
2,4, 6, 9, or 12 dB. EQ in-out switch. 
Zero insertion loss. 

GATELY ELECTRONICS 
-157 WEST HILLCREST AVENUE 
£ HAVERTOWN, PENNA. 19083 

AREA CODE 215 * HI 6-1415 
—...have you checked Gately lately ? 

phone in front of every instrument, 
the ears of the listeners are 
“extended” close to each instrument. 
The output of each mic may be 
recorded on a separate tape track. In 
order to enhance or emphasize the 
sound of specific instruments, record¬ 
ing engineers may use an equalizer on 
particular channels to bring out the 
range of frequencies wanted to be 
heard from this instrument, and 
subdue the sounds picked up from 
adjacent instruments. The result is that 
the frequency response in this mic 
channel is twisted all out of shape. If 
this is the drum mic, it is possible to 
make the drum beat heard clearly 
while the squeaking of the foot pedal 
or the hissing of the air conditioning is 
eliminated. Before we know it, a signal 
is being fed into the tape recorder. The 
first thing that happens is that we 
attenuate low frequencies, boost highs, 
and record it that way. Once the 
session is over, a multi-track recording 
has to be remixed into two or a single 
channel. In playing back individual 
channels post-emphasis is applied we 
equalize the signal by boosting the low 
frequencies and attenuating the highs. 
Then we mix the signal with other 
signals and re-record the mix on the 
new track, again applying pre-equaliza¬ 
tion. If this recording is meant for tape 
duplication the process is repeated 
again in duplication, then again in the 
home playback setup. One can not 
help wondering how after all those 
re-recording steps, recorded tapes and 
discs sound so good. 

In this long list of manipulation 
with signals, one can count on a 
possible additional equalization of 
each channel, inclusion of artificial 
reverberation, compression, and limit¬ 
ing. 

Finally, this recording is being 
played back in the home or in some 
other room. In order to compensate 
for the deficiencies of the speaker 
system and room acoustics, we 
introduce environmental equalization. 
This type of equalization can be quite 
severe—at times, filters boosting or 
filtering certain frequencies may have 
peaks exceeding 10 dB. After this is all 
done, you can hardly distinguish the 
obtained sound from the original 
copy. 

What it ail amounts to, is that when 
we refer to frequency response, we 
have in mind the precision with which 
the sound is processed. Flat refers to 
the relationship of input with respect 
to output. You may convert audio 
signals to digital form, store it in a 

computer memory, then read it out, 
and reconvert it back to analog 
information—and still have flat re¬ 
sponse. It is not how you process the 
sound; it is how it compares to the 
original. 

Until now, we have been concerned 
with faithful reproduction of sound 
and general frequency response. But 
how far out in frequency do we have 
to go on both sides of the audio 
spectrum in order to achieve true 
fidelity? Can we hear as high as 20 
kHz or as low as 20 Hz. 

Lately, we all have heard much talk 
about different kinds of pollution. 
Sound is one of them. We hear 
speculation that loud sounds can 
effect our health, our minds, cause 
heart attacks, and so on. Well, it seems 
that there is little we can do in 
controlling the level of the hi-fi 
systems in the homes of the 
consumers. 

Our technology has gone quite far 
unchecked. It is no secret that 
direct-coupled amplifiers, in combina¬ 
tion with certain speakers, can 
produce high intensity sound waves in 
both subsonic and supersonic regions. 
Let us stop and think about what we 
have there. Think of the walls of 
Jericho, or new methods of detaching 
the retina of the eye with ultrasound. 
Maybe you haven’t seen how ceramic 
magnets are cut apart with dull chisels 
driven at ultrasonic frequencies. Or 
have you ever seen the test of any 
mechanical structure on a vibration 
platform, and what happens when 
some parts begin to resonate? Some 
twenty-five years ago, I saw an 
experiment performed where tobacco 
smoke was blown into the path of 
ultrasonic beam—it condensed and 
disappeared. 

Many uses of sound are not yet 
known to us, nor are the after effects 
on human organs. We know that some 
plants and flowers, when exposed to 
sounds of different frequencies, 
change their growth rates. Until we 
uncover the secrets of the world of 
sound, can we try to limit a generation 
of frequencies which seem only to be 
important as a sales pitch in consumer 
products. I think that going beyond a 
20 Hz-20 kHz range is more than any 
one can appreciate. It only makes dogs 
restless. 

I would like to see a built-in rolloff 
at these frequencies in every system. 
Signal harmonics in the 20 kHz region 
can already be transmitted over the air 
like radio waves. If we suspect that 
some sort of brain waves can influence 
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The only thing you’ll ever get from 
a bent horn is a sour note. 
Unless you’re using the best in tape, you can expect a lot of sour notes 
among the sweet. 
One way to tell which is best is to look at the guarantee. The best 
goes the limit. Ours is guaranteed, unconditionally. Maxell tapes 
must perform to your standards or we’ll replace them, pronto, 
with no questions asked. 
That’s just one of the reasons more and more record and dupe 
makers specify the advanced Maxell F-20 magnetic tape. It’s 
the one for high frequencies, capturing every note on the 
scale. 25 to 18,000 Hz. 10% greater tensile strength than 
conventional tapes. Plus an exclusive, our closely-guarded 
Hush-Hush process that practically wipes out hiss, permits 
fullest, truest fidelity for mono or stereo, recording and playback. 
Maxell F-20. The bulk tape made specifically for duplicating and 
recording cassettes. For the sweetest sounds you ever heard. 

• For general recording purposes, Maxell bulk tapes for 
C-60, C-90 and C-120 cassettes. 
For details on all Maxell professional tapes, write 

maxell® Maxell Corp, of America 
Dept. DB-3 501 Fifth Avenue, New York, N. Y. 10017 

UI 
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ELECTRONIC AUDIO DELAY SYSTEM 

Digital 
processing 
comes to 

the audio wor 

Digital 
processing 
comes to 

the audio world 

Digital 
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Digital 
processing 
comes to 

the audio world 

Gotham goes product-hunting wherever 
the state of the art is best. 

And, for computer technology, Uncle 
Sam leads the world. No argument 
about that. 

That’s why we stayed in the U.S. — 
sought out a team of M.l.T. computer 
specialists — when we decided to 
market the first all-electronic, 
professional audio time delay device. 

Now we have it. Manufactured 
exclusively for us by Lexicon, Inc., 
Lexington, Mass. And we can promise you, 
once and for all, an end to the flutter 
and distortion and service problems 
related to tape loops that have been 
used until now for obtaining time delay. 

The Delta-T 101 achieves the utmost 
in operating reliability through digital 
processing. No moving parts! It can 
accommodate from one to five outputs, 
each of which can cover the range up 
to 320 ms. in 5 ms. steps. It will 
revolutionize audio delay operations in 
public address systems, psycho¬ 
acoustic research, and film transfer, 
while opening a new era óf effects and 

' reverberation in recording studio 
operations. 

It can also revolutionize your 
operation. So, write today for more 
information. Don’t delay. 

Price: from $3192 to $8652. 

Digital 
processing 
comes to 

the audio world 

2 West 46th Street. New York, NŸ 10036 (212) CO 5-4111 
1710 N. La Brea Ave., Hollywood, CA 90046 (213) 874-4444 

In Canada: J-Mar Electronics Ltd. 

our behavior in extrasensory percep¬ 
tion experiments, then let us be very 
careful with unknown signal sources 
many times more powerful than 
energy sources in the human brain. 
Only recently it was announced that 
10</ diodes under certain conditions 
can generate frequencies in gHz range. 

Many audio engineers prefer using 
transformers in their systems for 
isolation purposes, but what they 
really accomplish is restriction of 
frequency bandpass characteristics. 
This, in turn, helps subdue parasitic 
oscillations, motorboating, and cross¬ 
talk. I consider it an easy way out. A 
more elegant solution to this problem 
would be no need for d.c. isolation, 
but where bandwidth of the system is 
sharply restricted to certain limits. 
Actually, frequency response and 
bandwidth are two related terms. 
Sharp rolloff of the frequency 
response is the limit of the bandwidth. 

Here is another observation in 
regard to flat response. Our ear, by no 
means, hears all frequencies with equal 
efficiency. The Fletcher-Munson 
curves tells us quite explicitly how 
imperfect our ear is, and how it reacts 
at different sound levels. We all know 
that recordings are processed while 
being monitored at excruciatingly high 
levels in mixing rooms. The balance of 
the sounds for such recordings are 
valid only for these levels. If you take 
the same recording and play it back in 
your living room, at moderate or low 
levels, your ear becomes insensitive to 
the extremes of the audio spectrum. 

In order to get the balance obtained 
in the recording studio higher, you 
should turn your gain control to the 
ear-splitting levels, boost your low and 
high frequencies through equalization, 
or be content with the sound you get. 
Maybe today’s youth are going deaf 
because they try to recreate the same 
balance as the recording engineer, 
heard by raising the reproduced levels 
well above 100 decibles. 

There are instances when flat 
frequency response up to 100-200 kHz 
are needed—as during the duplication 
of recorded tapes at tape speeds that 
are 8-16 times faster than normal 
speed, or when cutting discs at half 
speed (extended low-frequency re¬ 
sponse of the end product). However, 
when we generate frequencies that are 
in turn reproduced by the speakers so 
that they resonate with our chest 
cavity and drive us slowly insane, 
while loosening our tooth fillings, I 
begin to wonder if we were not better 
off with good old 78’s. ■ 



Naturally Every Speaker 
Wants to be Loved. 

But few manage it as well as the 
Quam Model 8C6PAX. A 
jillion of these speakers 
have already been in¬ 
stalled in factories, offices, 
restaurants, and other 
locations. What’s the 
secret of success? It’s the 
Sensuous Sound! 
The Quam 8C6PAX 

knows that music often has 
to compete with inherent 
situational sounds. It must 
manage to be audible without being 
obtrusive. It has to have what it takes. 

What Does It Take? 

To be the Sensuous Speaker, you 
have to be well-engineered and 
well-manufactured. 

Do you have a 6 oz. ceramic 
magnet? Get one! And get a dual 
cone, too. A frequency response of 
50—20,000 Hz. will also help you, 
the way it has the 8C6PAX. 

Fitting In 

Don’t try to be too deep. The 
8C6PAX has just the right shallow 
construction. At three inches, it can 

fit almost anywhere. Transformer 
mounting facilities add to its appeal. 

The Easy Way 

Maybe it sounds like too much 
trouble for you to become the Sensuous 
Speaker. 

Especially when Quam has already 
done all the work .. . and made all this 
delectable sound available for you. 
Model 8C6PAX. The Sensuous 

Speaker. At your distributor. Now. 

QUAM 
QUAM-NICHOLS COMPANY 

234 East Marquette Road 
Chicago, Illinois 60637 

(312) 488-5800 
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NORMAN H. CROWHURST 

The best 
microphone buy 
for the money. 

Recently Sony engineers meas¬ 
ured the distortion* of the ECM-
377 ($195) and its most prestig¬ 
ious (i.e. expensive) competitor. 
Here’s what they found: 

Most 
Sony Prestigious 

SPL ECM-377 Competitor 
lOOdB < .05% .8% 
llOdB .05% 2.3% 
120dB .08% >10 % 
130dB .2% >10 % 
140dB 1.2% >10 % 
150dB >10 % >10 % 

If you think the most prestig¬ 
ious competitor sounds good up 
close, imagine how the Sony 
ECM-377 sounds! Better yet — 
see your nearest Sony / Super¬ 
scope Special Applications Prod¬ 
ucts Dealer. Or write: Sony/ 
Superscope, 8132 Sunland Blvd., 
Sun Valley, Calif. 91352. 

SONY SUPERSCOPE 

•Intermodulation Distortion: 70Hz and 7kHz; 41 ratio; 
applied to input of impedance translator at level which is 
equivalent to capsule output at specified SPL 

‘ Superscope, Inc. 

THEORY AND PRACTICE 

• Last month we discussed the 
simulation of hybrid coils without 
inductors (except for the dummy line, 
if that needs inductance as an element, 
or element, but no transformers 
needed for coupling purposes). This 
left us with the need for amplifiers 
using both inputs and outputs up in 
the air. 

The requirement is for an output 
circuit that delivers signal to a line 
load, whether or not some signal is fed 
from the line toward the amplifier. 
The method we said we would use is 
that of delivering a current into a 
500-ohm load, from a circuit where 
the voltage can float at either or both 
terminals. 

This is illustrated at Figure 1. In 
quiescent condition, transistors Q2, 
Q3, Q4, and Q5 all pass precisely 12.5 
milliamps. Linder that condition, the 
12.5 milliamps that passes through Q2 
also passes through Q3, and the 12.5 
milliamps that passes through Q4 also 
passes through Q5. This means no 
current flows in either direction 
through the 500-ohm output load. 

When signal is fed in through Q1, 
assuming it to be momentarily positive 
in polarity, of 1 volt magnitude, the 3 
milliamp steady current through QI 
(controlled by the fact that its emitter 
voltage is 3 volts above supply 
negative, and the emitter resistor is 
1 k rises to 4 milliamps. 

This increases the voltage from the 
base to supply positive and negative, at 
transistors Q2 and Q5 from 3 volts to 
4 volts, raising the current from 12.5 

milliamps to 16.7 milliamps. As the 
current in Q4 and Q3 remains at 12.5 
milliamps, a current of 4.2 milliamps 
must pass through the 500-ohm load, 
yielding an output of 2.1 volts, 
positive at the collector of Q2, 
negative at the collector of Q5. 

The constant current in Q3, Q4 is 
maintained by the use of 3-volt zener 
diodes and the 27 k resistor. As the 
steady current in Q3, Q4 is 12.5 
milliamps, somewhat less than 1 
milliamp will assure adequate base 
current for these transistors, with a 
sufficient amount to polarize the zener 
diodes to their working voltage. The 
voltage between these bases is twice 
15-3 = 24 volts, so 27 k will serve. 

To achieve a quiescent condition, 
the bases of Q2, Q5 must also be at 
precisely 3 volts from supply positive 
and negative respectively. Using 1 k 
resistors in the collector and emitter of 
QI, this requires 3 milliamps as this 
transistor’s operating current. With a 
1 k emitter resistor and an assumed 
current gain of 60, the d.c. base input 
resistence will be 60 k. In parallel with 
the 12 k bottom resistor, this makes 
10 k which must have 3 volts 
developed across it. The upper resistor 
must then develop 27 volts, requiring 
9 times 10 k, for which a chosen 91 k 
resistor will serve. 

To balance the circuit perfectly, the 
240-ohm resistors must be close 
tolerance, and/or the 1 k resistors 
must be chosen so the quiescent 
condition exactly balances the cur¬ 
rents in Q2 and Q3, and in Q4 and Q5. 

Figurei. An out¬ 
put circuit that pro¬ 
vides a "floating” 
signal across a 
500-ohm load, just 
the same as a 
transformer can. 
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THE OLIVE AUTOMATED 
REMIX CONSOLE : 
SUDDENLY 
"GOOD ENOUGH 
ISN'T GOOD ENOUGH 
ANY MORE. 

The Series 
2000 Console, 

our modular 
muititrack 

recording and remix centre, 
incorporates numerous 
innovations and refinements. 
Our latest is automation 
— available in a module 
that just plugs in. 

Quite honestly, and without ex¬ 
aggeration, we believe our remix 
console with the automated pro¬ 
grammer will revolutionize the 
recording industry. 

Freed from the physical limita¬ 
tions of trial-and-error mix downs, 
the producer can control and re¬ 
fine up to 64 functions simulta¬ 
neously or individually! Simply 
choose what you wart to auto¬ 
mate. For example, on a 24-track 
mix down you could have inde¬ 
pendent operational control of 24 
level functions, 6 echo returns, 8 
sub masters, 16 panning controls 
and quadraphonic positioning. 

Like a computer, the program¬ 
mer condenses information onto 
one track of the master tape, 
"remembering" each and every 
console operation on all channels. 
The producer can make a dry mix 
to establish levels on the channels 
then, when remixing, listen to the 
tape, making chosen modifications 
to each track individually. The 
Remix Programmer monitors and 
stores these adjustments for auto¬ 
matic repeat on any future mixes. 
The final mix can be modified at 
any time without endangering the 
master. 

Automated Remix Programmer 
Specifications: 
• Channel capacity: 16, 32, 48 or 
64 depending on your require¬ 
ments. 
• Accuracy: levels will be accu¬ 
rate to less than 1 dB over the first 
40-dB range. Accuracy greater at 
top of range (working range) and 
less at lower end, similar to accu¬ 
racies normally found in a fader. 
• Response: information is up¬ 
dated better than 10 times per 
second. Thus the fastest operator 
reactions will be preserved. 
• Resolution: the system will re¬ 
cognize and reproduce changes 

smaller than 1/10 dB over the 
working range (0 to 40 dB). 
• Storage medium: may be any 
audio bandwidth tape recorder 
channel. The multitrack master 
tape would be the most con¬ 
venient source for this channel. 

The benefits to a studio opera¬ 
tor are enormous. Now one man 
can do a complex mix of 16 . . . 
24 ... 32 tracks with complete 
freedom. Approximately 75% of 
the time and effort presently put 
into mix-down sessions is elimi¬ 
nated. A new and unmatched cre¬ 
ative potential is released. The 
perfect mix is a dream? No more! 

Look for the revolutionary Olive 
Automated Remix Programmer 
with the Olive Series 2000 Console 
at the AES Convention in Los Ange¬ 
les, April 27th to 30th. If you can't 
make the show write or phone us. 
Olive Electro Dynamics Inc., 2670 
Paulus, Montreal 386, Quebec, 
Canada. Tel. (514) 332-0331. 

olive 
WHENEVER THERE IS A NEED co 
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THE NATURAL CHOICE 

Wide range frequency response, ex¬ 
cellent front to back discrimination 
and unusually high output level 
make the Beyer M 320 a natural for 
professional use. A ribbon micro¬ 
phone that offers the warmth and 
detail associated with only the most 
expensive studio microphones. Ideal 
for applications requiring the finest 
reproduction. 

• Supercardioid polar pattern 

• 30 to 20 kHz ±2.5 dB 

• 200 ohm impedance 

• Output level at 1 kHz; 0.1 
mV/^bar (—57 dBm) 

• $100.00 

For complete details on the M 320 
and other fine Beyer microphones 
and headphones write to: 

Revox Corp. 
155 Michael Drive 
Syosset, New York 11791 

The input impedance is about 9 k 
(10 k in parallel with 91 k) so a 1 mFd 
input capacitor will yield a cut-off at 
20 Hz. 

This circuit has no voltage gain—to 
be precise, a little more than 2:1, as 
calculated above. When maximum 
current or zero current flows in Q2, 
Q5, the voltage drop across these 
transistors is 6 volts or zero. The drop 
across the 500-ohm load reaches 6 
volts either way, which allows a 
substantial margin to allow the 
500-ohm resistor (load) to float away 
from ground potential, and still allow 
adequate collector voltage to reach Q2 
and Q5, as well as Q3 and Q4. 

As current in all these transistors is 
controlled extremely tightly by the 
base voltage and their emitter resistors, 
collector voltage has virtually no effect 
on the signal delivered at the 
combined collector circuit, which is 
determined by the fluctuating current 
in the 500-ohm load. 

Now to turn to the floating input, 
which is a little simpler to achieve, and 
the circuit is shown at Figure 2. The 
circuit is rendered “floating” by 
transistor Q3, which is held at 
constant current by the zener diode 
and the 510-ohm emitter resistor, 
which yields a controlled current of 6 
milliamps (actually that is based on a 
resistor value of 500 ohms). 

Collector voltage of Q3 can float, 
just so long as the total collector 
current adjusts itself to 6 milliamps. 
This means that, if the voltages applied 
to the 10 k input resistors connected 
to QI and Q2 bases are identical, their 
emitters will be just sufficiently 
negative of that voltage to bias each of 
them to a collector current of 3 
milliamps. 

If these transistors have a current 
gain of 60, their base current in 
quiescent will be about 50 microamps, 
requiring 0.5 volt drop in the 10 k 

Figure 2. An input circuit that can accept 
a floating input signal, also as well as a 
transformer can handle it. 

3 mA EACH 

resistors. A signal of 1 volt balanced 
will drive one transistor to 6 milliamps 
and the other to zero. 

With 1 k collector resistors, which 
provides a push-pull output from this 
input stage, if desired, each collector 
voltage is 3 volts below the 15-volt 
supply positive. Full signal produces 3 
volts peak from each, or 6 volts 
peak-to-peak. So this input stage has a 
gain of 6. Further gain than the 12 
provided by input and output stages 
can be developed by conventional 
intermediate stages. 

Apart from the I volt signal, from 
one terminal to the other, required to 
produce a differential output from this 
input stage, the pair of input terminals 
can float from almost 10 volts negative 
of ground to some 9 volts positive of 
ground, while still giving all the 
transistors an operable collector 
voltage. 

As this common voltage drives QI, 
Q2 emitters and bases positive or 
negative, the bases maintain the same 
quiescent current, which means the 
0.5 volt drop in the 10 k resistors 
remains unchanged, whatever the 
actual voltage is. When the input 
terminals get to 12 volts, the 
collector voltage across Q3 vanishes, 
while pushing it to +9 volts, this 
voltage rises to 21 volts. 

The voltage at the collectors of QI, 
Q2, relative to their emitters and 
bases, also varies. At quiescent, each 
collector is 3 volts negative from 
supply plus, or +12 volts. Maximum 
output swing is ±3 volts from this, or 
from +9 volts to +15 volts. 

To achieve balance in the output, 
QI and Q2 should be matched, 
otherwise equal base current, pro¬ 
duced by equal voltage drop in the 
two 10 k resistors, will not produce 
equal collector currents. If the 
intermediate amplifier is only single-
ended, which can be just as good as a 
balanced amplifier, and the input 
shown for Figure 1 is single-ended, one 
of the 1 k collector resistors may be 
omitted, and the output taken from 
the other. In this event, precise 
matching of QI and Q2 is not so vital 
to balance. 

On the other hand, the output 
circuit could be rendered balanced by 
coupling push-pull signals directly to 
the bases of Q2, Q5. Then it would be 
necessary to control the quiescent 
voltage of both sides so base-to-supply 
voltage of these transistors matched 
that of transistors Q4 and Q3. 

While some form of direct coupling 
is not impossible, especially as :he d.c. 
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Neve 
the sound of Neve is world wide 

Built for the Whitney Recording 

Studio Inc., Glendale, California. 

Incorporates 24 input 

channels fully matrixed to 1 6 plus 

2 output groups, 24 track monitor 

matrix, comprehensive reverberation, 

cine and talk-back facilities and 

8 limiter/compressor units. 

AT THE A.E.S EXHIBITION, HOLLYWOOD 

NOW IN USA Rupert Neve have opened a manufacturing, distributing 

and servicing plant in the U.S.A, for still better service. 

The 'S' range of Consoles is available for very quick delivery. 
Consultant Designed Consoles to custome*- requirement. 

RUPERT NEVE & CO LTD Cambridge House. Melbourn. Royston. Herts. SG8 6AU, England. 

Telephone : Melbourn 776 (STD 076 336) 10 lines. Telex 81381 

RUPERT NEVE INC. P.O. Box 122, Bethel. Connecticut 06801. Tel. (203) 744 6230 : Telex 969638. 
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TH€ PERFECT IRIX 
Quick delivery. A most attractive 
price tag. And Studer quality. 

That’s the unbeatable combina¬ 
tion you'll get with Studer's new 189 
Mixing Console — now available in 
the U.S. for the first time. 

This precision, Swiss-made in¬ 
strument has 16 inputs on its 8-track 
board, and 18 on the 4-track version 
pictured, with EQ, cut-off filters, pan¬ 
pot, phase reversing switch, gain vernier 

and linear attenuator. 
Plus: 2 echo channels, one cue 

channel, 4 PDM limiter/compres-
sors(l), monitor and talk-back ampli¬ 
fiers, Weston VU meters, and Phan¬ 
tom" powering. 

The price? Just $27,500 for the 
8-track model; $27,000 for the 4-
track model. Take your pick. We can 
have the Studer 189 making perfect 
mixes in your studio next week. 

□□[ DOLBY SYSTEM 
NOISE REDUCTION IN RECORDING 

Dolby Laboratories manufacture professional noise reduction 
equipment which is widely used by all major record companies. The 
main laboratory and manufacturing facility is in London, but the 
company has a sales and distribution office in New York City. 
Dolby Laboratories is six years old and now comprises one hundred 
people—growth prospects are excellent. 

SENIOR SALES ENGINEER 

The company has a requirement for a senior 
sales engineer, who will be based in the New 
York Office. The post will be a new 
extension to the sales effort in the US, 
which is now mainly handled by regional 
distributors. The new sales engineer will be 
contacting customers directly, arranging 
demonstrations and technical training 
negotiating sales, and advising on systems 
and installation engineering. In addition, he 
will be in contact with the regional 
distributors, supervising and assisting them 
with their own sales efforts. The successful 
applicant will be trained in London upon 

joining, but he should already have 
experience of recording studio practice, and 
in particular multi-track techniques. He will 
have a degree, will probably be aged around 
30 and should be free to travel. He will 
certainly have a high level of enthusiasm for 
all types of music. An ability to 
communicate effectively with engineers, 
musicians and producers will be more 
relevant than proven sales experience. 
Write with brief details or telephone: Marc 
Aubort, vice president, Dolby Laboratories, 
Inc., 333 Avenue of the Americas, New 
York, N.Y. 10014. Tel. (212! 243 2525 

value of 3 volts is common throughout 
the circuit, it is not too feasible, 
because the quiescent condition 
should be set up and maintained quite 
precisely, for both input and output 
stages, as well as any in between. This 
is easier to achieve by using a.c. 
coupling with separate values to 
control quiescent at input and output. 

The constant-current circuits set up 
by the transistors with zener diodes 
exhibit a quite high collector 
resistance at that constant current. 
The zener voltage will not change 
more than a small fraction of a volt, 
and the emitter voltage of the 
transistor to which the zener controls 
the base voltage will follow it, again 
within a small fraction of a volt. 

Thus the emitter resistor controls 
the emitter current very closely 
indeed. The only possible cause of 
collector current change is due to 
change of current gain with collector 
voltage, which is small with most 
transistors. And anyway, this change is 
compensated for by the fact that the 
zener will change its current so the 
base current adapts. 

Put more directly, this change can 
only change collector current by the 
amount of change in the base current, 
because the emitter current is held 
constant. Thus, if current gain is 60, 
the collector current change must be 
well within I/60th of its value, almost 
certainly well within l/lOOth. 

Thus the floating effect provided 
by each of these circuits is extremely 
good. A really high-quality trans¬ 
former may do better at mid-fre¬ 
quency, if the tappings are accurate to 
a small fraction of I per cent (which 
this type of transformer commonly 
provides). But at frequency extremes, 
where winding capacitances and 
magnetizing currents of a transformer 
invalidate its precision somewhat, the 
transistorized version can actually 
improve on the older transformer-ized 
version. 

As an old-time transformer¬ 
designer, who loved the challenge of 
this kind of design, this is a little bit of 
a blow to my ego—but at the same 
time, a bit of a relie'", too. ■ 

ACOUSTIC FEEDBACK SUPPRESSORS 

I’orall P.A. work — churches, theatres-
stadiums, conference rooms, audito, 
riums, transportation terminals, etc.— 
available from stock or built to speci¬ 
fications. Demonstrations — Rentals 
— Sales. Write 
AUDIO INSTRUMENT CO. INC. 

311 Mountain Rd. 
Union City, N. J. 07087 
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PROFESSIONAL 
STUDIO 
EQUIPMENT 

3 speeds ■ 15, 7'4 & 
3%ips; hysteresis syn¬ 
chronous drive motor 

torque reel motors 

"capable of providing 
the most faithful re¬ 
production of sound 
through the magnetic 
recording medium . . , 
to date" -Audio mag¬ 
azine, 4/68 

optional Trac-Sync 

mag¬ drops" -Audio 
azine, 4/68 

individual channel 
adjust 

$1790 for basic rack¬ 
mount half-track stereo 
deck, about $2300 with 
typical accessories; 
Formica floor console 
$295, rugged portable 
case -$69 

"construction . . . 
rugged enough to 
withstand parachute 

RECORDERS & 
REPRODUCERS 

Claimed by its pro audio owners to 

as shown, $995 
for half-track stereo deck 

for automation 

be the finest professional tape recorder value on 
the market today - price versus performance 
■ Frequency response at 7%ips ±2dB 20Hz-20kHz, 
at 314ips ±2dB 20Hz-10kHz ■ Wow & flutter at 
7'/zips 0.09%, at 3%ips0.18% ■ S/N at 7'/zips-60dB, 
at 3%ips -55dB ■ Facilities: bias metering and 
adjustment, third head monitor with A/B switch, 
sound-with-sound, two mic or line inputs, meter 
monitoring same as CX822, 6009 output ■ Remote 
start/stop optional, automatic stop in play mode 
■ $895 for full-track mono deck 

systems ■ Meets or exceeds all - - - NAB standards 
■ Remote start/stop optional, automatic stop in 
play mode ■ $595 for half-track stereo reproducer 

SP722 Ideal reproducer 

15ips 

0.06 

40Hz to 
30kHz 

60dB 

7 . ips 

0.09 

20Hz to 
20kHz 

-60dB 

Specs 

w. & fl. 

I. resp. 
+2dB 

S/N 

computer logic con¬ 
trols for safe, rapid 
tape handling and 
editing; full remote 
control optional 

CX822 
Crown tape recorders and reproducers 
are available in 42 models with almost 
any head configuration, including 4 chan¬ 
nels in-line Patented electro-magnetic 
brakes maintain ultra-light tape tension 
and never need adjusting. They are made 
by American craftsmen to professional 
quality standards, with industrial-grade 
construction for years of heavy use. 

All Crown amplifiers are warranteed 
three years for parts and labor. They 
are 100% American-made to profes¬ 
sional quality standards. All are fully 
protected against shorts, mismatch and 
open circuits Construction is indus¬ 
trial-grade for years of continuous 
operation. 

For more information write CROWN, 
Box 1000, Elkhart, Indiana 46514 

individual 
equalizers 

channel 

third head monitor 
with A/B switch; 
meter monitoring of 
source, tape, output 
and source+tape; 
sound - with - sound, 
sound-on-sound and 
echo 

2 mixing inputs 
channel 

per 

STUDIO MONITOR 
AMPLIFIERS 

Delivers 40 watts RMS per channel at 
49 ■ Takes only PA" rack space, weighs 
8‘. lbs. ■ IM distortion less than 0.3% 
from l/10w to 30w at 8Q ■ S/N lOOdB 
below 30w outout ■ $229 rack mount 

Delivers 75 watts RMS both channels at 
89 ■ IM distortion less than 0.1% 
from l/10w to 75w at 8Í2 ■ S/N lOOdB 
below 75w output ■ Takes 5'A" rack 
space, weighs 20 lbs. ■ $429 rack mount 

Delivers 300 watts RMS per channel at 
49 ■ IM distortion less than 0.1% 
l/10w-150w at 89 ■ S/N lOOdB below 
150w output at 89 ■ Lab Standard per¬ 
formance and reliability ■ "As close 
to absolute perfection as any amplifier 
we have ever seen" - Audio magazine, 
10/69 *$685 rack mount 

See Crown demonstrated at the Los Angeles AES Show, Room 53 
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John M. Woram 

THE SYNC TRACK 

• Since this April issue of db is 
featuring various aspects of the 
microphone, it is more than appro¬ 
priate to discuss microphones in this 
column. 

By an odd coincidence, it was just 
two years ago this month that a 
feature story by the well-known R. D. 
Worther was to have been published, 
revealing certain innovations in surveil¬ 
lance equipment, including an ultra¬ 
miniature microphone and transmitter 
concealed within—of all things—a 
common 6 penny nail. I say, “was to 
have been published”, for as readers 
will recall, the page plates were 
confiscated at the last minute by the 
authorities, and Mr. Worther was never 
seen again. 

At that time, there was consider¬ 
able speculation as to Mr. Worther’s 
fate. One Federal bureau claimed his 
body had been found by pro-western 
kulaks near an obscure railway 
junction on the Peking branch of the 
Trans-Siberian Express. More recently, 
some American tourists vacationing in 
the Tirenean Alps have reported being 
approached by a person reportedly 
resembling Mr. Worther. Unfortu¬ 
nately, the man was spirited away by 
the local police, and again we are 
plunged in mystery. 

And so, although we continue to 
speculate on the whereabouts of the 
enigmatic Mr. Worther, we have been 
more fortunate in recovering the 
missing page plates. Some time ago, 
they turned up in a locker at a small 
mid-western bus depot. Although we 
cannot divulge how they were 
discovered - nor have we in fact seen 
more than a copy of them—our 
informant’s credentials are impeccable, 
and he has told us enough to convince 
the editors of his absolute reliability. 

Since this is a technical journal, and 
political reportage is really beyond our 
domain, we shall confine the rest of 

ACOUSTIC DELAY RECORDERS 
and Delay Unes 

For all P.A. work —- churches, theatres, 
stadiums, conference rooms, audito¬ 
riums, transportation terminals, etc. — 
available from stock or custom built 
to specifications. Write. 
AUDIO INSTRUMENT CO, INC. 

311 Mountain Rd. 
Union City, N. J. 07087 

this column to the relevant aspects of 
this most unusual case; specifically, a 
description of the surveillance micro¬ 
phone. 

The development of the ultra¬ 
miniature microphone was not with¬ 
out a large share of problems. It hardly 
need be mentioned that a microphone 
concealed within a 6 penny nail would 
have to be wireless. Obviously enough, 
any wire connected to a nail would be 
cause for a certain amount of 
suspicion by even the most naive. 
After a bit of experimentation, a 
unique d.c. carrier system was 
perfected. Once the “nail” was 
hammered into the appropriate wall, 
the transmitter would be powered by a 
unique application of nature’s laws of 
molecular dispersion. By chemical 
reaction, the nail would derive the 
requisite power from the lime content 
in the plaster wall. Unfortunately, the 
chemical reaction eventually discolors 
the plaster surrounding the nail, 
thereby revealing its presence, so for 
longer range applications, a wall that 
has been covered by wallpaper or 
panelling must be chosen. 

Obviously, there is no particular 
advantage to an omnidirectional polar 
pattern, since the microphone is to be 
hammered into the wall. Generally, a 
cardioid pattern is most suitable, since 
proximity effects need not be 
considered important. But the nature 
of surveillance work usually means 
that a good portion of the program 
being monitored will be in some 
foreign tongue. Since the untrained ear 
often has difficulty differentiating 
between several alien speakers, it is 
often a good idea to employ two nails 
for a stereo pickup. That way, the 
voices can at least be localized, which 
should help in minimizing confusion. 
It should of course be remembered 
that the distance from either nail to 
the speaker(s) should be about one 
quarter the distance between the two 
nails, to prevent phase shift distortion. 

Considerable time and money was 
spent developing a mic diaphragm that 
was rugged enough to be hammered 
into a wall, yet sensitive enough to 
provide wide range pickup character¬ 
istics. 

Shortly after the first batch of 
microphones was completed, a near 
disaster almost cancelled the entire 

project. The nail-mics were sent to a 
reliable agent in the newly emergent 
nation of Kallabriya, where a neutral 
nation was constructing an embassy in 
the capitol city of Wredjiyo. Unfortu¬ 
nately, the surveillance nails were 
mixed with the regular construction 
supplies, and the entire supply was 
hammered into the embassy walls. To 
compound the error, the receiver was 
concealed in an ice-cream vendor’s cart 
in the street outside the embassy. The 
vendor was of course another trusted 
agent, and the hearing aid he wore was 
in reality a speaker connected to the 
concealed receiver. 

When the poor man switched on 
the receiver, the massive surge current 
representing hundreds of nails con¬ 
nected, as it were, in parallel, launched 
the cart swiftly down the street until it 
collided with the limousine of the 
just-arrived Russian ambassador. The 
agent was thrown clear of the cart and 
landed almost in the lap of the 
diplomat. Since the ambassador had 
spent considerable time in Washington 
as a minor official, he saw nothing 
unusual in this peculiar demonstration, 
and in fact ordered ice cream cones for 
all the members of his entourage. No 
doubt the well-known Russian weak¬ 
ness for ice cream played an important 
part in preventing what otherwise 
might have become an unpleasant 
international incident. 

Recent reports from sources within 
the embassy reveal that the walls are 
now beginning to deteriorate due to 
the massive chemical reaction from so 
many nails, and that embassy officials 
are beginning to suspect something is 
amiss. 

On a more positive note, the 
issuance of the next batch of nails was 
more carefully administered, and the 
devices have since been judiciously 
hammered into key walls throughout 
the world. 

Our fears that the unique device 
might fall into the wrong hands were 
quickly dispelled. We had wondered 
what would happen if some nails were 
secreted in the Capitol’s various caucus 
rooms and the information leaked to 
the enemy. Our informant correctly 
reminded us that it has been some 
years since anything worth repeating 
has been heard on Capitol Hill, and 
although some nails had indeed been 
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NEW PRO-4AA 
The good sound you monitor is the Sound of KOSS 

Better than speakers 
Here is a new, rugged, wide-
range dynamic headset with good 
sensitivity that delivers precision 
monitoring far beyond that ob¬ 
tained by speakers. You exclude 
outside noise; you eliminate dis¬ 

turbing room reflections. Free¬ 
dom from distortion and flatness 
of response are exceeded only 
by the famous Koss electrostatic 
units. You’ll find that the “Sound 
of Koss” is the good sound. 

TYPICAL RESPONSE CURVE OF PRO-4AA 

WHAT THE SPECS 
DON’T TELL YOU — 

EXTENDED BASS RESPONSE TO 2 
CYCLES/SECOND—The compliance of 
the diaphragm is large, the seal is good 
against the ear and the physical design 
permits very long excursions to give you 
lo-lo bass at full level—and the PRO-4AA 
does it with liquid-filled cushions for 
perfect seal and superlative comfort, 
whether you wear glasses or not. This 
bass range response exceeds by 4 oc¬ 
taves that needed to insure good low-end 
monitoring. 

TAILORED CURVE SHAPE FOR 
FATIGUE-FREE LISTENING — Charac¬ 
teristically the PRO-4AA runs ± 3 dB ex¬ 
cept below 150 Hz and for a rise at 6.5 
kHz. As long as we must have some 
variation, we put the belly of the curve 
in the mid-frequencies to follow closely 
the Fletcher-Munson equal loudness con¬ 
tour for 90 db SPL at 1 kHz. This keeps 
fatigue low in long, intense sessions be¬ 
cause you don’t reach for the extremes 
of the range as you tire and your ears 

become less sensitive. Last, but not least, 
the music sounds good. 

HIGHER HIGHS THAN YOU CAN USE — 
The 24 kHz point on the chart is about 
where the “2” is in the figure 1521—the 
PRO-4AA needs longer chart paper than 
this standard charting equipment pro¬ 
vides. Even though you can’t hear these 
frequencies, the capability promotes 
good transient response in the range you 
do hear. 

WHY DOES KOSS RAISE THE BOTTOM? 
—The wide-range coupler used for Koss 
measurements effects a perfect seal to 
promote high bass level almost to de. An 
air leak to the sealed cavity lowers the 
bass response level. Koss feels that 
modern side-burns and luxuriant hair are 
good for a full 1-second leak or 4 dB less. 
This makes the PRO-4AA the flattest dy¬ 
namic headset we know how to design 
at this time! 

See and hear the PRO-4AA at your 
dealer today or write the factory for a 
16-page catalog on “How to Choose 
Stereophones.” 

Price $60.00 

ELECTRICAL SPECIFICATIONS 
Frequency Response Range, Typical: IQ-
20,000 Hz ■ Efficiency: Medium ■ Total 
Harmonic Distortion: Negligible at 95 dB 
SPL. ■ Source Impedance: Designed to 
work direct from 4-16 ohm amplifier out¬ 
puts. When used with headphone jacks 
where series resistors are employed, re¬ 
sponse should not be measurably affected, 
but slightly higher volume settings will 
be required ■ Power Handling Capability: 
Maximum continuous program material 
should not exceed 5 volts as read by an ac 
VTVM (Ballantine meter 310B or equal) 
with average indicating circuitry and rms 
calibrated scale; provides for transient 
peaks 14 dB beyond the continuous level 
of 5 volts. 

PHYSICAL SPECIFICATIONS 
Cushions: Fluid-filled for high ambient 
noise isolation averaging 40 dB through¬ 
out the audible range. ■ Headband: Ex¬ 
tendable, stainless steel with self-adjust¬ 
ing, pivoting yokes; conforms to any head 
size ■ Boom Mount for Microphone: 
Knurled, anodized, aluminum knob on left 
cup with threaded shaft and 2 compressi¬ 
ble rubber washers; accepts all standard 
booms. ■ Headset Cable: Flexible, 4 con¬ 
ductor coiled cord, 3 feet coiled, 10 feet 
extended. ■ Plug: Standard tip, ring and 
sleeve phone plug. ■ Element: One inch 
voice coil virtually “blow-out proof”; takes 
surges up to 20 times rated maximum 
power levels. Has 4 square inches of radi¬ 
ating area from 2 mil thick mylar dia¬ 
phragm ■ Weight of Headset Only: 19 
ounces. 

^KiOSS Stereophones 
Koss Electronics. Inc , 4129 N Port Washington Rd . Mdwaukee. Wis 53212 • Koss Electronics S r I Via Valtorta. 21 20127 Mian Italy 

UI 
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Put an AKG 
on the job. 

AKG CANADA • DIVISION OF DOUBLE DIAMOND ELECTRONICS • SCARBOROUGH, ONTARIO 

discovered during the remodelling of a 
Congressional cloak room, they had 
become corroded over from lack of 
use. • 

41st A.E.S. Convention 

Although the 40th A.E.S. conven¬ 
tion is just now coming, it is not too 

Technical Session 

Transducers 

Electronic Music 

Design of Audio Transmission Systems 

Disc Recording and Reproduction 

Broadcasting 

Magnetic Recording and Reproduction 

Sound Reinforcement and 
Architectural Acoustics 

Medical Electronics 

Digital Techniques in Audio 

Audio Instrumentation and Measurements 

Amplifiers and Signal Processing Devices 

Acoustical Noise Control 

early to begin making plans to attend 
the 41 st convention, to be held in New 
York City this fall. 

The following twelve technical 
sessions have been scheduled, and 
persons interested in submitting papers 
should contact the appropriate session 
chairmen as soon as possible. 

Session Chairman 

James Novak 
Jensen Mfg. Co. 
5655 West 73rd St. 
Chicago, 111. 60638 

David Friend 
Tonus, Inc. 
45 Kenneth Street 
Newton Highlands, Mass 02161 

John Woram 
RCA Records 
1133 Ave. of the Americas 
New York, N. Y. 10036 

Lawrence Shaper 
Empire Scientific Corp. 
1055 Stewart Avenue 
Garden City. N. Y. 1 1530 

Leonard Feldman 
Engineering Consultant 
97 Oxford Blvd. 
Great Neck, N. Y. 11023 

Marvin Camras 
IIT Research Institute 
10 West 35th Street 
Chicago, Ill. 60616 

Peter Tappan 
Bolt, Beranek and Newman 
1740 Ogden Avenue 
Downders Grove, Ill. 60515 

Philip Kantrowitz 
2435 Frisbv Avenue 
New York,N.Y. 10461 

Ronald Schafer 
Bell Telephone Laboratories 
Murray Hill, N. J. 07974 

Emil Torick 
CBS Laboratories 
227 High Ridge Road 
Stamford, Conn. 06905 

Saul Walker 
Automated Processes, Inc. 
35 Central Drive 
Farmingdale, N. Y. 11735 

William Siekman 
Riverbank Acoustical Labs 
P. O. Box 189 
Geneva, III. 60134 
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Martin Dickstein representatives discussed the subject 
“Concepts in Communication.” 

SOUND WITH IMAGES 
One entire afternoon of the 

two-day convention was devoted to a 
discussion of several different devices 

• These pages started reporting in 
depth on the latest development in 
home entertainment when the article 
on the CBS EVR invention was 
printed in the September, 1968, 
issue. 

Then, in the December, 1969, 
issue, I followed up with a 
description of the RCA unit called 
Selecta Vision. In April, 1970, 1 
continued with a discussion of the 
Sony entrance into the home 
entertainment field with its Video¬ 
player, and in October, 1970, 1 
described the demonstration by CBS 
at the AMA show in New York of 
the EVR. The December, 1970, and 
January, 1971, issues of db provided 
tull discussions of the newest entrant, 
the Video Disc by Teldec. In 
December I also provided a chart 
comparing some of the estimated 
projected consumer costs and some 
of the markets in which the different 
systems would probably find their 
first applications. (Incidentally, 1 plan 
to update the chart as more 
information becomes available and 
the units themselves are readied for 
market introduction.) 

For about the past year and a 
half, there have been meetings in 
almost every field of endeavor-in 
which audio-visual equipment plays 
any part at all-to discuss the 
meaning, impact, uses and applica¬ 
tions, the best time to jump in, and 
to what extent (if at all), initial 
expenditures, and the future of the 
latest and apparently greatest method 
of reaching the public. 

One such recent meeting was held 
toward the end of last year by the 
National Visual Communications 
Association, New York. The organiza¬ 
tion was founded in 1952 “to 
provide industry executives and 
professional visual communicators 
with an opportunity for an exchange 
ot ideas and a source of information 
on techniques and new develop¬ 
ments.” The Association is a non¬ 
profit professional and scientific 
organization with a membership open 
to all persons actively engaged in 
visual communications whether in 
sales, service, manufacturing, or in 
the use and application of the 
equipment. 

At this conference, the 17th 
annual Days of Visuals, there was a 
small display of equipment and 
software for audio-visual application 
and also talk and discussion sessions. 
Speakers at the various meetings 

included Mr. Leslie H. Waddington. 
President of NVCA, on the subject 
“Media 70’s What Next?”, Mr. 
Malcolm E. Shaw, President of 
Educational Systems and Designs. 
Inc., Westport, Conn., on “Television 
in Management and Sales Training.” 
At one session, Eastman Kodak 

being developed in the video cassette 
field. A talk was scheduled on the 
EVR by a representative of Motorola, 
the manufacturer of the player unit 
for the CBS cartridge; the Sony 
Videoplayer; the Ampex lnstavision\ 
and the AVCO Cartrivision system. 
Unfortunately, the representative of 
Sony could not attend, but the other 

(Continued on page 23) 

NOW! 
TOTAL CAPABILITY 

WITH THE 

FAIRCHILD 
INTEGRA H SYSTEM! 

Capability No. 1: Easily integrated audio 
components. 

Capability No. 2: Simple and efficient 
construction. 

Capability No. 3: Practically any complex 
audio system can be designed. 

Capability No. 4: Remote control of audio 
functions (optional). 

Capability No. 5: Solid-state technology 
provides compact, efficient, convenient 
and economical audio control. 

Capability No. 6: Unmatched convenience 
in maintenance. 

Capability No. 7: Advanced light-con¬ 
trolled technology. 

Capability No. 8: Complete freedom from 
contact noise, distortion, frequency dis¬ 
crimination and mechanical problems. 

Capability No. 9: Noise-free and bounce-
free perfect switching. 

Capability No. 10: Space-age standards 
of component design and manufacture 
assure highest reliability. 

Capability No. 11: Complete line of ac¬ 
cessories. 

Capability No. 12: Compatible with your 
existing equipment. 

For complete details and new colorful Integra II brochure write to: 

FAIRCHILD Sound Equipment Corp. 
10-40 45th Avenue Dept.EüB Long Island City, N.Y. 11101 
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If performance 
turns you on 
turn on the Scully 100 

Then 
to really blow your mind 
look at the price tag 
It's a fact. Scully has put it all together. A 16-track, 
professional studio recorder/reproducer that actually 
out-performs recorders costing at least twice the 
100’s $13,700. 

The big secret? Like simple. Take the same Scully 
engineers that design the studio equipment that's 
been the standard of the business for years. Let them 
come up with the first really modular unit that lets you 
buy only what you need. Forget all the factory-loaded 
accessories and extras if you already have them on 
your consoles. Add them if (and when) you need them. 

Then let Scully offer a totally new combined record/ 
playback head, spill-proof silent switching, and 
a completely new solid-state electronics package. 
The result? The 100 Series. Half the size and half 
the cost of available equipment. And performance 
specs that are outta’ sight! 

For a demo that’ll letyouseeand hear what we're 
talking about, write Scully, 480 Bunnell St., Bridgeport, 
Conn. 06607 (203 335-5146). We'll send you 
complete 100 specs, and the name of your nearest 
friendly Scully distributor or Sales/Service 
office. (There’s probably one a dime phone call away.) 

What can you lose ... except all your ideas about 
how big and how expensive professional recorders 
really are? 

©Dictaphone 
Scully Division 



NEW PRODUCTS AND SERVICES 

REVERB UNIT CASSETTE DUPLICATORS 

• The O/P Reverberation is designed 
for use in those professional recording 
studios whose people wish a sub¬ 
stantial improvement in the sound 
quality obtainable from a spring. 
Flutter is reduced in the conventional 
way—by using multiple springs, while 
noise is kept below audibility by 
means of correct design of the pickup 
amplifier. A floating threshold peak 
limiter is included. This reduces 
objectionable noises in the form of 
popping springs on transients. Console 
and rack mount, with or without 
power supply is available. 
Mfr: Parasound, Inc. 
Circle 58 on Reader Service Card 

• New models have been added to 
this existing line. As the model 
DC 1542/30 they duplicate two-track 
cassettes while as the model 
DC 1544/30 4-track capability is 
provided. The master unit will accept 
3% or 7/2 in ./sec tapes. Three large 
hysteresis synchronous motors are 
used for the capstan drives and an 
additional five torque motors used for 
the takeup function. Heavy balanced 
brass flywheels driven by flat belts are 
used in the cassette mechanism to cut 
flutter to less than 0.2 per cent. The 
time needed to duplicate four copies is 
one eighth the time required to 
normally play one cassette. Additional 
slave units can be used to a capacity of 
20 copies at a time. 
Mfr: C.E.E. 
Price: $2825 /two track ) 

$3450 (four track) 
Circle 56 on Reader Service Card 

TELEPHONE 
TRANSMITTER/RECEIVER 

• Here is a quick, easy, and 
inexpensive way to transmit or receive 
recorded information over the tele¬ 
phone with high quality. The PC-48 
telephone transmit/receive coupler 
provides unmatched convenience for 
transmission of recorded material from 
any tape recorder through any 
standard telephone. Simply plug the 
jack into the output of the recorder 
and slip the loop over a telephone 
earpiece. Recorded material is heard at 
the other end without distortion and 
may easily be monitored and edited. 
The PC-48 also doubles as a high 
resolution telephone pickup by merely 
plugging the jack into the tape 
recorder input. 
Mfr: Trinetics, Inc. 
Price: $9.95 
Circle 68 on Reader Service Card 

PAGING PROJECTORS 

• The first of a series of newly 
designed, low-cost, paging projectors, 
the 12-watt PA 12 has been intro¬ 
duced. It features computer-calculated 
horn flare, a design factor that 
provides excellent response character¬ 
istics and dispersion. A newly-designed 
diaphragm and voice-coil assembly, 
plus a powerful Alnico V magnet 
structure make these units highly 
efficient, requiring less amplifier 
power for a desired sound pressuie 
level output than other speakers. 
Excellent speech articulation and 
intelligibility and a voice-coil impe¬ 

dance of 8 ohms are offered. The 
round horn provides a nominal 
130-degree dispersion angle. It may be 
oriented in any desired position in a 
vertical plane by loosening a single 
wingnut on the mounting base. The 
housing is high-pressure injection 
molded, has high resistance to impact, 
and is extremely sturdy. Its molded-in 
Mesa tan colored finish will not fade, 
chip, or peel. Frequency response of 
the PA 12 is 325 to 14,GOO Hz. For use 
in line-voltage installations, the com¬ 
pany offers the TRI2 transformer in 
70.7 or 25-watt versions for the PA 12 
speaker. This transformer mounts on a 
special bracket at the rear of the PA12 
horn and has solderless push-clips for 
selecting wattage taps. The cover for 
the TR12 is made of special 
non-yellowing clear formed acetate 
allowing easy inspection of connec¬ 
tions. The transformer has been 
vacuum varnished for full protection 
from the weather, moisture, and 
fungus. 
Mfr: Electro- Voice Inc. 
Price: PAI2-$27.00 

TR12-S10.00 
Circle 73 on Reader Service Card 



TEST OSCILLATOR CARD TAPE CLEANER PULSE 
GENERATOR ADAPTER 

• Model 692-OSC test oscillator 
card has been designed to complement 
the INTEGRA II 692 card series. It 
packaged on a card 314 inches wide by 
514 inches long and can be used in 
conjunction with the 692 cards, or can 
be inserted in a special card holder for 
complete shielding from adjacent 
equipment as well as for mounting 
into a 5K inch rack mounting frame. 
The unit covers a complete audio 
range in one continuous sweep from 
20 Hz to 15 kHz, or in five selected 
frequencies from 20 Hz to 15 kHz. A 
unique feature is that frequency can 
be remotely controlled by simple 
modification. Specifications are: Out¬ 
put level + 10 dBm; distortion 0.2 per 
cent maximum; output uniformity 
within 1 dB; output impedance 3 
ohms; mic feed output impedance 200 
ohms. Power requirements 24 V at 
100 mA with remote control, 10 mA 
without remote control. 
Mfr: Fairchild Sound Equipment 

Corp. 
Circle 70 on Reader Service Card 

• Although marketed as a video tape 
cleaner, 2-inch audio tape can 
probably also benefit from the 
Magnetek 1 video tape cleaner system. 
It has been designed to acomódate 1 
and 2-inch tapes and to remove 
physical errors (dirt, oxide particles, 
etc.) from the tape surface. Simple to 
operate, only a minimum of operator 
skill is required. In the cleaning 
process the oxide surface of the tape 
passes over precision-ground tungsten 
carbide blades which remove loose or 
embedded oxide particles, backing 
materials, or other foreign matter. 
Embedded particles are sliced to avoid 
depressions or pitholes. Particles are 
then wiped similtaneously from both 
surfaces of the tape by continuously 
moving silicon-impregnated tissue 
synchronized with the tape movement. 
Mfr: Advanced Transducer Systems, 

Ltd. 
Circle 57 on Reader Service Card 

• This unique device is a low-cost 
laboratory pulse generator which 
claims not to sacrifice quality or 
reliability. It is designed to be driven 
from any oscillator, such as a 
sine-square wave generator, and may 
be operated at any frequency from 1 
Hz to 10 MHz dependent only on the 
driver. The output of the pulse 
generator adapter offers variable 
amplitude; 0 to 12 volts; variable pulse 
width, 5 millisecond to 100 nano¬ 
seconds; and variable frequency. The 
rise time of the output pulses are up to 
20 nanoseconds. Output impedence is 
50 ohms and is compatible with TTL, 
making it the ideal instrument for 
logic development. 
Mfr: Blulyne Electronics Corp. 
Price: $59.95 
Circle 72 on Reader Service Card 

MULTI-CHANNEL RECORDER 

• Simultaneous recordings of as 
many as 31 different incoming and 
outgoint messages is possible with this 
new recorder. A single reel of one-inch 
tape provides a full 12-hour recording 
of all 31 channels. When playback is 
necessary, an electronic timing device 
shows, to the second, the time the 
message was originally recorded. The 
Paterson, N. J. Police Dept, is now 
using this equipment for continuous 
communications recording. All radio 
instructions and information between 
headquarters and field forces, as well 
as telephone calls to headquarters are 
recorded. Some phone lines are not 
recorded—all recorded phone calls hear 

the customary “beep”. The system is 
only 72-inches high in two racks. 
While one tape deck records for twelve 
hours, the second and third are on 
automatic standby or may be used for 
playback or rewinding. In the event of 
failure, a stand-by deck would take 
over. Recording is at 15/16 ips, yet 
quality is extremely clear. Response is 
claimed +3 dB from 300 to 3000 Hz. 
It is anticipated that radio stations, 
airports, courts, railways, and electric 
power stations will find use for 
equipment of this type. 
Mfr: Philips Broadcast Equip. Corp. 
Circle 61 on Reader Service Card 



For technical sound 
recording everything 
points to Revox 

Capstan motor servo control 
panel maintaining speed 

Separate spooling 
motors of original 
high torque, low 
weight construction. 

Capstan motor of 

patented construction, 
coolrunning,lowcurrent 
consumption and wow 
and flutter better than 
international broadcast 

requirements. 

Read head of cap¬ 
stan motor. 

Tape transport logic 

controlcircuitpanel. 

Professional prac¬ 
tice glass-fibre 

panel with integral 

gold-plated switch 

contacts. 

Unique multi-bank 
micro-switch unit, pro¬ 
viding on-off, speed and 

spool size/tension varia¬ 
tions on one control. 

Sealed mains input 
section and cabinet 
safety link socket. 

Fully electronically 
stabilised power 

supply circuit. 

Plug-in relays control¬ 

ling all functions and 
eliminating damage 

from inadvertent mis¬ 
handling. 

Plug-in record relay. bias oscillator ob¬ 

viates multiplex 
interference. 

Plug-in audio input/ 

output amplifiers. 

accuracy to better than 
0.2% and incorporating elec¬ 
tronic speed change from 
71 to 31 ips. 

New from the Willi Studer Factory comes the 
revolutionary Model 77 incorporating design 
developments based on experience gained in 
the broadcast field with the 37 and 62 Series 
Studer machines. The 77 is a studio quality 
machine compactly presented and offering 
features unique in this price class including total 

Write or telephone for further information to : — 

reVox 
Revox Corporation, 155 Michael Dr., Syosset, N. 
1721 N. Highland Ave., Hollywood, Calif. 90028 
In Canada: Tri-Tel Associates, Ltd., Toronto, Canada 

indifference to fluctuations in mains supply 
periodicity. With a wow and flutter level below 
broadcast standard requirements plus a linear 
response from 20-20,000 Hz at 7| ips. (±2 db) 
and an ultra low noise level, this new Revox will 
fulfill virtually every scientific and industrial 
requirement in the sonic band. 

delivers what all the rest only nromise. 
Y. 11791 

Circle 13 on Reader Service Card 



CASSETTE TAPE 
DUPLICATING SYSTEM 

• A unique concept in cassette 
duplicating systems, incorporating the 
heavy-duty, high performance mechan¬ 
ism of the Wollensak audio-visual 
cassette recorder, has been developed. 
The modular system permits place¬ 
ment and operation in a variety of 
work layouts or space arrangements. 
Because the system is designed on a 
modular, plug-in basis, the user can 
start small—with a single master and 

copier—and add units as his needs 
develop. Either of the two master 
units—reel-to-reel (model 6040 AV) 
and cassette (model 2750 AV)—can 
drive up to 10 cassette copiers or 
slaves (model 2760 AV). Two unique 
and patented features provide auto¬ 
matic high-speed rewind of copies and 
automatic sensing of stalled cassettes. 
The latter feature assures that the 
system makes only perfect copies. 
Duplicating speed is four times 
program speed. Both master and 
copier units are available in either two 
or four-track formats. The reel-to-reel 
master will accept master tapes at 
three speeds—7 1/2, 3 3/4 and 1 7/8 
in ./sec. 
Mfr: 3M Co. 
Price: $499.95 (master unit); 

$299.95 (copiers) 
Circle 77 on Reader Service Card 

BROADCAST 
AUDIO AMPLIFIERS 

• A new solid-state, 50-watt plug-in 
audio amplifier with high gain and low 
distortion is available for use as a 
monitoring amplifier by broadcast and 
recording studios. It is capable of 
driving 4-, 8- and 16-ohm speakers or a 
70-volt line for sound distribution and 
reinforcement systems. The amplifier, 
type BA-48A, produces 50 watts 
continuous, with or without optional 
output transformer, with total har¬ 
monic distortion of less than 0.5 per 
cent from 20 to 20,000 Hz. The 
BA-48A is designed for plug-in 
installation in the BR-22 mounting 
shelf which accommodates two ampli¬ 
fiers. Accessories include remote gain 
control module, input, bridging, and 
output transformers. 
Mfr: RCA 
Circle 69 on Reader Service Card 

PENCIL-SIZED TESTER REVERB SYSTEM 

• A pocket-sized instrument which 
indicates direction of flux lines and 
measures relative strength of any 
permanent magnet or magnetic field 
has been introduced. Said to be the 
only testing device of its type, the 
MagTester utilizes high-strength mag¬ 
netic materials designed to resist 
demagnetization or polarity reversal. A 
magnetic wheel mounted at one end of 
the MagTester, with a north/south axis 
across its face, will align itself parallel 
to the flux lines of a magnetic field, 
thus indicating polarity. Testing the 
relative strength of a magnet is based 
on the principle of repulsion. By 
holding one end of the unit against the 
similar pole of the magnet being 
tested, an internal rod magnet is 
repelled upward within a clear plastic 
tube. The relative strength of the 
magnet under test is indicated by the 
length of travel of the rod magnet. A 
numbered scale provides a handy 
measure for comparison purpose. 
Mfr: Sei-Rex Corp. 
Price: $19.95 
Circle 67on Reader Service Card 

• The RV-10 is a new and patented 
variable delay reverb system that uses 
a fresh approach to generate mechan¬ 
ical reverberation. A 55 ms transducer 
delay resembles the artificial delay-
times used on other devices for 
modern recording studio techniques. 
Front panel adjustment of decay time 
and low frequency filtering permit this 
system to match other reverb systems 
and also to create new effects not 
available in other devices. An almost 
total immunity to mechanical shock or 
outside acoustical pickup is claimed, 
making this unit feasible for control 
room installations. Input sensitivity is 
+4 dBm. However, levels down to-20 
dBm can be accommodated by 
internal strapping. 
Mfr: Quad-Eight Electronics 
Price: under $800 
Circle 80 on Reader Service Card 



(From page 17) 

gentlemen provided interesting talks 
and literature of their respective 
systems, rough costs of the units and 
software, future developments, mar¬ 
kets and applications. 

Ampex, in describing the system 
of Instavision, indicated that the 
medium of half-inch magnetic tape, 
which permitted re-use by the 
consumer as many times as desired 
for home recording either from a 
camera or the t.v. set, is the most 
versatile. Their tape is contained in a 
cartridge from which the tape is 
threaded automatically when played 
on an Instavision unit. However, as 
the record/playback specifications 
conform with the Type 1 standard, 
the tape can be played on a machine 
other than the Instavision unit that 
also conforms to the same standards 
with use of an accessory hub insert. 

Among the other features stressed 
by Ampex are the provision for two 
independent audio channels for stereo 
or language studies, slow speed or 
stop motion for study of single 
frames in industry or medical 
applications, simplicity of use for 
public use at home parties, etc. Still 
another feature is the auto-search 
provision which permits the unit to 
sense the signal put automatically on 
the tape when a recording is 
completed. Thus, the next time, the 
end of the preceding recording can be 
found easily; this results in a cueing 
or indexing system for different 
sections of recordings. Total record¬ 
ing time at standard speed is 30 
minutes, or 60 minutes in the 
extended play mode. 

This system, which according to 
the literature has been “designed for 
use in education, business, industry, 
medicine, sports and government 
applications,” including the camera, 
also provided for simple electronic 
editing of program material from the 
camera—avoiding picture roll'or tear. 
Sync signals are furnished by the 
recorder for the camera. The camera 
has a small electronic viewfinder 
which permits instant playback of the 
taped material. The recorder also has 
“digital” indication and automatic 
head cleaning (by just pressing a 
button on the machine). 

Cartrivision, the name given to the 
system placed in the running for the 
money by AVCO, includes a color 
t.v. set in a cabinet with the video 
tape player mounted within the 
cabinet . . . sort of a video hi-fi unit. 
With a special adapter, the playback 
unit can also be played through any 
other t.v. set as well. 

The medium of this system is also 
half-inch magnetic tape. AVCO will 
also provide, at extra cost, a camera 

for use by the consumer for home 
recording. This blank tape will be 
marketed in a yellow box for easy 
identification. One additional feature 
is an automatic timer which will 
permit recording from the t.v. set 
even though the buyer is not at home 
at the time as the desired program 
goes on the air. The recording will 
also turn itself off when finished. The 
cartridge will run in sizes from 
one-half hour to two hrs., and is of 
the reel-to-reel type with one reel 
above the other. 

The reason for the special color of 
the box is that AVCO will also sell 
recorded tapes (movies, courses, and 
classes in various fields, sports events, 
etc.) in black boxes. Another color, 
red, will be used for boxes containing 
reels with material which will be 
available only for rental, and handled 
probably by a local outlet or library. 

The only unit presently already on 
the market is the CBS EVR system. 
This system offers a playback-only 
capability. The unit is being made by 
Motorola for feeding color or 
black-and-white pictures to the home 
t.v. set. Thus, only recorded material 
will be available on the market in this 
system. However, provision has been 
made to connect a t.v. camera to the 
playback unit to feed live pickups to 
the t.v. set without recording. 

The medium is a very thin plastic 
film fed through the machine like 
magnetic tape (without sprockets). 
The cartridge is completely sealed to 
prevent dirt or finger marks from 
getting on the film. The film is sealed 
until the cartridge is placed on the 
machine at which time small “fin¬ 
gers” push the end of the film out of 
the cartridge into a threading system 
which, in turn, automatically feeds to 
a take-up reel. 

Total running time of the cartridge 
is fifty minutes of b/w or twenty-five 
minutes of color material. Since both 
visual tracks of the film have to be 
used simultaneously for color repro¬ 
duction (b/w image in one track and 
color information in the other) the 
playback time is shorter but both 
audio tracks can now be used for 
stereo sound. With a b/w film, both 
tracks of visual information are used 
independently for full playback time 
but only one channel of audio is 
available with each track. Synchro¬ 
nization is achieved and maintained 
by a visual marker at each frame. 
This can not be seen on the screen. It 
is used by the machine to adjust for 
constant speed. 

CBS has already contracted with 
many industrial firms to provide 
them with EVR cartridges containing 
the customer’s original material 
converted to the CBS medium. Films 
and other previously-recorded mate¬ 
rial will also be made available for 

SALE 

STUDIO CLEARANCE SALE: RE¬ 
CORDERS: 2 ea. Ampex model 351 Full 
track mono, with new heads, 7’A & 15 ips 
speed. The best tube type Ampex ever 
made. Unmounted $1100.00 ea. With new 
Scully Gunstock Walnut Console cabinet 
$1375.00 ea. 1 ea. Tapesonic model 
70-TRSH Half track stereo solid state 
recorder, 3 3/4, 7'A, & 15 ips speed, 10'//' 
reels, 21” of rack space, four mixed inputs, 
4%” V.U. meters, bushbutton deck. Like 
new with portable case $465.00. MIXERS: 
2 ea. Altec model 1592A solid state five 
position microphone mixers with plug in 
preamp./transformers, cannon connector 
strip, speech, music, flat input switch, and 
bass, treble, and presence control on output. 
Like new $335.00 Space for optional V.U. 
meter. MICROPHONES: 3 ea. Altec model 
M-50 solid state cardioid condenser 
microphone systems with 50 ft. cables, 
battery pack, wind screens, and cases 
$139.00 each. 1 ea. A.K.G.-Norelco model 
C-12A variable pattern condenser micro¬ 
phone system, original price $399.00 like 
new $245.00. 1 ea. A.K.G.-Norelco model 
C-60 cardiod condenser system with cables, 
windscreen and powersupply. Original price 
250.00 like new $145.00. 2 ea. A.K.G.-
Norelco model C-60 cardioid condenser 
microphones with custom built W.A.L. dual 
powersupply with cables, and windscreens 
$275.00. Brand New A.K.G. D-24-E 
dynamic microphones regular price $160.00 
now only $130.00. Brand New A.K.G. 
D-224-E two-way dynamic microphones 
regular price $185.00 now only $149.00. 2 
ea. Capps model CM-2011 studio condenser 
microphones with custom built dual power 
supply with output transformers. Micro¬ 
phones factory repaired in mint condition. 
$245.00 for system. 1 ea. R.C.A. model 
BK-11 ribbon microphone with cable 
$125.00. 1 ea. $yncrom model AU-7A solid 
state condensor microphone with case 
$129.00. DISC RECORDING: Rebuilt 
Neumann master disc recording lathes, from 
$4500.00 to $7500.00. Presto model 92-B 
disc recording amplifier with 1-D cutterhead 
tested, with instruction book $185.00. 
Presto model 6-N lathe with two leadscrews 
$295.00. SPECIAL DEVICES: Gotham 
Audio model EQ-1000 Program equalizer/ 
Filters in portable cases like new. Original 
price $1500.00 each. Our price $795.00 
each two for stereo $1495.00. Fairchild 
model 602 stereo Conax high frequency fast 
limiter, new price $595.00. like new 
$365.00. 

RECORDERS: CROWN model SS-822 
solid state stereo half track, 4 mixed 
mic./line inputs, 3%, 7%, & 15 ips speed, 
three motors, three heads, 2-5" V.U. meters, 
built-in stereo control center, with two 
optional plug-in mic. preamps. (SS-2), two 
optional line amplifiers (SS-6) and carrying 
case. Original price $1,496.00 Our price 
$825.00 

For further information, write or call : 

WIEGAND aludió LABORATORIES 
3402 WINDSOR ROAD • WALL NEW JERSEY 07719 

PHONE (201) 681-6443 

DISTRIBUTORS OF SCULLY TAPE RECORDERS 
NJ 
CO 
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purchase by CBS. They are contract¬ 
ing for famous motion-pictures, 
sports events and other programs of 
interest for purchase through local 
outlets or record stores. 

At present, this unit has a running 
head start in the video-cassette race 
since the equipment is already 
available while the other manufac¬ 
turers are still getting theirs ready for 
marketing. One further step CBS has 
taken, in addition to transferring the 
customer’s own material to EVR, is 
to provide full services of its special 
projects group to assist in designing 
the entire program for EVR recording 
from scratch even if the client does 
not have any previously-recorded 
material at all. The service extends 
from consultation through story 
boards, scripts, production, shooting, 
and the final step of recording and 
delivery of EVR cartridges. 

Although Sony was not repre¬ 
sented at the meeting, it is only fair 
to mention that their system uses a 
reel-to-reel cassette with magnetic 
tape. When we described the system 
shortly after it was presented, about 
a year ago, we concluded with the 
question “Can commercials be far 
behind?” Here it is just one year later 
and the answer is upon us. 

Last month, another meeting was 
held to discuss the impact of the 
video cassette business. This t.v. 
seminar was held by the American 

Association of Advertising Agencies. 
The speakers were Mr. Morton Dubin, 
president of Video Tape Producers 
Association; Mr. Paul Caravatt, Jr., 
senior v.p. of Interpublic, a group of 
Ad Agencies; Mr. George Tompkins, 
general executive, Electrographic 
Corp.; Mr. Harland Kleiman, v.p. 
Video Cassette Division of Teletronics 
International, Inc.; and Mr. Paul 
Klein, president of Computer Tele¬ 
vision, Inc. The chairman and 
moderator for the meeting was Mr. 
Phillip L. Tomalin, senior v.p. of 
Ogilvy & Mather Inc., Advertising 
Agency and vice chairman of the 4A 
Broadcast Administration Committee. 

Among the suggestions of how the 
cassette (or cartridge or disc) might 
be distributed for the public was the 
local library (for loan as presently 
with books and records), rental (also 
from the local library or book or 
record stores as with present best 
sellers), or by purchase from local 
stores or supermarkets as presently 
with records or books, or in 
give-away programs tied in with 
specific products through food 
chains, specialty stores, and chain 
stores. 

Mr. Caravatt, with simple mathe¬ 
matics, showed how the software 
market could go as high as 1 1 billion 
dollars in the next decade or so. He 
mentioned some of the programming 
opportunities for classrooms, libraries, 

with Automated Processes 

YOU-
SHAPED 
SOUND... 

Quadrasonic Stereo Panner Model 480 
Precise, finger-tip, 360° control of a 
sound source into 4-channels is yours 
with the Model 480 Quadrasonic Stereo 
Panner. It lets you create any type of mo¬ 
tional pattern; sequeways between stereo 
programs; reverb sound combinations; 
orstatic positioning (if that’s all you want). 

The single-knob “joystick” provides in¬ 
finite resolution . . . stepless movement, 
noiseless and accurate. It also acts as a 
visual indicator for the phantom sound 
source. 

We designed the Model 480 to meet 
the demanding requirements of 4-chan-
nel sound positioning...low noise con¬ 
ductive plastic elements, precious metal 
contacts, connections for splitting 1 
channel into 4, or simultaneous 2 into 2. 

No power supply required. Occupies 
only 3" X 31/2 " of panel space, 3% " deep. 

To put “you” in the 4-channel driver’s 
seat, contact us at once for technical lit¬ 
erature. 

AUTOMATED PROCESSES, INC. 
> 35 CINTRAI DRIVE FARMIN6DALE NEW YORK 11735516-694 9212 

See us at booths 85 & 86 at the 40th Conv. of A.E.S. in L.A. 
Circle 22 on Reader Service Card 

sales, and medical training, old or 
specially produced motion pictures 
and Broadway shows, travelogues, 
cartoons, highway-safety messages, 
political programs, special programs 
for the handicapped, home economics 
for the housewife, etc. He described 
the new medium as “Telechoice”, an 
all-inclusive word for the diverse 
systems with which the public would 
have almost unlimited choice of what 
to watch on their t.v. set. 

Mr. Tomkins explained how video 
cassettes would be borrowed from 
local libraries and would be a perfect 
means for advertisers and their 
agencies to produce special how-to 
programs for hobbyists and enthu¬ 
siasts in every conceivable field, with 
inclusion of the manufacturer’s prod¬ 
ucts as part of the program. Where 
else will the advertiser have the 
opportunity to reach the precise 
customer he wants to buy the 
products specially made for that 
person? 

Mr. Klein said that there is no 
question but that the advertiser and 
the agencies would play a very 
important part in the future of the 
video cassetts production and devel¬ 
opment business, but it was his 
contention that the way to go was 
not necessarily with the customer 
buying the cartridges. He felt that by 
having a computerized central loca¬ 
tion for cartridges (or cassettes or 
discs), the customer could dial for 
any information or program material 
he wished by referring to a listing (to 
which he would subscribe) with a 
special code. The home set would be 
tied to the central system with a 
cable (as is now being done in areas 
with c.a.t.v. installations). This way, 
the home viewer could have program 
material available for every channel 
on the set, not just the few that 
cable and air broadcast. Charges for 
the service could be through the 
customer by subscription, charges on 
the phone system or special dialing 
system for getting the special material 
desired and could extend to adver¬ 
tisers who furnished material for 
cable transmission. 

According to the experts who are 
taking this new business very 
seriously, it will be up to the 
sponsors and advertisers and their 
agencies to produce more and better 
program material with which to 
attract the viewing public, including, 
of course, commercials. First, the 
public will have to decide which type 
of system to buy (or maybe one of 
each, as at present, with a record 
player and tape machine) and then 
have a multitude of choices for 
viewing material. The agencies will 
have to decide how best to reach the 
public with so much choice at his 
disposal. Decisions! ■ 



Forum on -
Microphones 
Here is what happens when you place several recording 
engineers in a room, give them a topic to discuss, 

and turn on the tape recorders. 

S
OME weeks ago, db held the first in an anticipated 
series of informal meetings, bringing together engineers 
from several recording studios to discuss topics of 
mutual interest. On this occasion, the subject was 

microphones. 
Bob Schulein, manager, Electroacoustical Systems at 

Shure Bros. Inc., flew in to meet with the group and add 
the manufacturer’s point of view. 

Beyond calling the evening, A Forum on Microphones, 
no particular format was prescribed, and the meeting 
quickly became a lively bull session, with everyone 
contributing his own viewpoint- arguing at times, agreeing 
at others. It must have been a successful evening, for the 
original typed transcript of what was said ran to over 125 
pages, from which we have distilled what follows. 

Schulein: Being a design engineer, I’m concerned with 
building a better microphone. I have an advantage in that 1 
can make accurate and repeatable laboratory measure¬ 
ments. However, 1 don’t have any first hand knowledge of 
how you people are using microphones, or what you are 
looking for. You know what you like to hear, and you 
know when you’re getting it. But you may not know why 
one mic works better than another-you just trust your 
ears, because if you don’t like what you’re hearing, all the 
charts and specs in the world aren’t going to get you to 
change your mind. 

Woram: I think most recording engineers, unless they’re 
particularly interested in specifications, couldn’t tell you 
much about the published data on their favorite mies. 
However, they certainly could tell you in subjective terms 
which mic they prefer for any particular application. 

Schulein: To you, a microphone is just another link in 
the complete chain. In a given situation, you know that 
along with all the other variables-equalization, limiting, 
your console, tape recorder, producers taste and so on-a 

FORUM PARTICIPANTS 
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John Bradley 
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John Woram 
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Sound Exchange 
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RCA Record Division 
db Magazine 
db Magazine 

certain mic will do what you want it to. Back in my realm, 
the microphone is the most important thing in the world. 1 
could tell you the differences between the mic you prefer 
and any other one, and if we can determine what the right 
measurements are, we may be able to predict which mic is 
the best for any application. 

Bradley: With an exception for that all important 
variable personal taste. I doubt if many of us would agree 
on any choice of microphone for a particular instrument. 

Baxter: Right! John and I are always arguing over 
microphones. He really likes the Shure SM 76 on acoustic 
guitar. Most of the time, 1 don’t. 

Katz: My favorite acoustic guitar mic is a Neumann 87 
with the bass roll-off switched in. The guitar can be a very 
subtle instrument. And a twelve-string especially has the 
tendency to have a run away low end. 1’11 put the 87 
approximately over the hole and use a limiter to tighten it 
up a bit. 

Figure 1. The group gathered around an omni to record 
the conversations that are here transcribed. The location 
is Studio A at RCA in New York City. 
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It would be interesting to find out what mies you 
fellows are now using, and then measure these 
mies in some way that would relate to how you're 
using them. 

Baxter: Have you ever tried the omni pattern on the 87, 
and moved in even closer? 

Katz: 1 don't think I could get in any closer. Six inches 
is about as close as you can get. 

Woram: That’s one of the reasons 1 prefer the SM 76. 
Since it s very small, you can get in as close as you like, and 
still not be in the musician’s way. And since it’s an omni, 
you don’t have any proximity effect. 

Schulein: You know, when 1 first got involved with the 
recording industry, I thought there might be a very simple 
way to work things: Just get a basically smooth 
microphone, and an equalizer on each mixer. After all, the 
biggest difference between microphones is their frequency 
response. If you could equalize them, 1 think you'd find 
many mies are quite similar, particularly omnis. 

Colchamiro: That might be okay with omnis, but with 
cardioids, there are a lot of other considerations-proximity, 
off-axis response, working angle, and so on. All of these 
things play an important part in selecting your favorite mic 
for a particular instrument. 

Schulein: What do you think about a so-called basic mic 
with a few variables? Say, a presence peak which you could 
switch in or out, and maybe a high end roll-off. And a 
three-position switch at the low end for a boost or a cut. 
And you had all this in either a uni or an omni. 

Baxter: Do you need all that equalization at the mic? 
There’s so much equalization done at the board now. 

Schulein: Well then, a basic mic, and you could use 
your own equalizers. 

Baxter: Then we get back to, what is a basic mic? 
Colchamiro: A basic mic is one that accurately picks up 

what the performer is doing. Maybe accurate isn’t the right 
word. It’s just the mic that sounds best with maybe some 
equalization under the conditions at the moment. 

Woram: I’m not much on equalizing everything. If I 
can’t get what I want with a very slight amount of 
equalization, I d rather go out and put up another mic. 
Listening to some tracks, you can almost say, “oh, it’s plus 
8 at 100 hertz.’’ You can almost hear the equalizer. 

Katz: Equalizing an instrument is such a delicate thing. 
You’ve got fundamental, overtones, and harmonics to 
consider. You can really upset this critical balance, and 
that’s where the beauty of music is. 

Woram: If you equalize a mic by adding plus 8 at 100, 
you’re affecting the low end, and the further the 
instrument goes from playing its lowest notes, the further it 
is from the equalization. If you can try a different mic 
instead of putting in all that comp. I’d think you’d get the 
quality you’re looking for over the entire range of the 
instrument. 

Fifteen feet away, and at variable height, the 
condenser microphone was set up 53 inches 

S above the floor . . . 

Schulein: Either way, you’re equalizing. You’re either 
adding externally, or choosing a different mic with 
probably a different response of its own. 

Bradley. Except that the internal differences between 
two mies are usually more varied over the entire range than 
anything you could do with a console equalizer, unless you 
had a very good graphic. 

Schulein: It would be interesting to find out what mies 
you fellows are now using, and then measure these mies in 
some way that would relate to how you’re using them. 
Then, we might pick a reference mic and I’d give you some 
specific equalization settings to get it to approach the 
performance of the other mies. 

Katz: I’d like to know what everyone uses on vocals 
Woram: I usually try an Electro-Voice 635a first. 
Bradley: One of the best vocals I ever got was with a 

Shure 546. That’s the kind of mic I usually use just for a 
reference vocal but at the time, our old studio was ripped 
apart, the console was half gone, and I was short of mies 
anyway. The singer happened to know how to work a mic, 
and it was really beautiful. 

Katz: I’ve used 87’s, the Sony C37, and for a full, 
round, rich sound, there’s nothing like the 47. 

Baxter. Sometimes, I’ve used the Sony C-22, and if 1 
remember right, 1 think that John used an old RCA 44 a 
lew years ago for Glenys, the female vocalist with Four 
Jacks and a Jill. 

Woram: I remember that very well. We went through 
every microphone in the place before rediscovering the 44. 
which turned out to be just right. However, 1 don’t think 
I’ve used it since. Steve mentioned the Neumann 47, which 
was a really fine microphone. It's too bad they’re not still 
being manufactured. 

Katz: It’s a terrific mic for celli and trombones. 
Baxter: We also used to use it a lot for low stringsand 

brass, but I think most of us have switched to other mies as 
the 47's wore out and couldn’t be repaired or replaced. 

Zide: Bob, you talked about measuring the various 
microphones a little while ago. Maybe you could say 
something about how you go about evaluating a mic. Since 
you don’t do as much actual recording as the others here, 
how do you compare one mic with another? 

Schulein: Our main source of information is the 
anechoic chamber. Of course, this is not a realistic 
environment, but it is highly controlled and constant. We 
know we can repeat our experiments later and come up 
with the same results again. So, we can subject two 
microphones to the identical test and then compare our 
results. The performance of a mic in the anechoic chamber 
won’t tell you whether you’ll like the mic in the studio, but 
if you do like the mic in the studio, the chamber may be 
able to give us a clue as to why. Also, we can make accurate 
measurements of off-axis response and proximity effects, 
and these measurements are of value as is. 

I'd like to know what everyone uses on vocals. 



. . . you talked about measuring the various micro¬ 
phones . . . . Maybe you could say something about 

how you go about evaluating a mic. 

PROXIMITY EFFECT, AND POPPING 
Katz: What do you do on your SM 53 to minimize 

proximity effect. 
Schulein: Well, it’s a little involved there’s an AES 

paper on the design of this mic which I’ll send you.' 
Basically, it’s a two-entry uniphase system, and the low 
frequency entry is quite far from the diaphragm, which 
helps minimize any proximity effects. There are times when 
you can use the proximity effect to advantage. Let’s say 
you want to minimize the pick up of unwanted low 
frequencies from off axis sources. So, you move in close 
with your cardioid until you have too much bass as a result 
of proximity. Then you roll it off until you’re back to 
normal. In doing so, you cut down all the unwanted low 
frequency noise from the surrounding area. 

Another point to keep in mind when using two-entry 
mies: if you’re using a wind filter on the front, don’t lorget 
to put some kind of filter over the rear entry ports also. 
The microphone works on pressure differences, and il you 
reduce the pressure, or wind, at one end and not at the 
other, it may very well sound worse than with no filter at 
all. 

Zide: I guess we all know what a pop filter does, but 
I’m not so sure 1 know how it does it. 

Schulein: Well, think about what a pop is, from a 
physical standpoint. It’s really not so much acoustical, 
because when I say a word like Peter, you don’t hear the 
pop that you might get if I were speaking into a 
microphone So, obviously the pop signal is somewhat 
different from the acoustic signal. The pop is literally a puff 
of air being forced from mouth to mic, whereas the rest of 
the signal is a vibration of air molecules travelling at 
approximately 1000 feet per second. The pop signal is 
moving much faster, and the pop filter materials’ resistance 
is non-linear. For low-velocity signals, it’s quite low, but as 
soon as the velocity goes up, it starts to get higher. In 
essence, you have a selective filter that minimizes the 
high-velocity part of the pop signal. 

Colchamiro: Is there much of a sub-sonic component in 
the pop? I should think there would be. 

Schulein: When we were running spectrum analyses, we 
were going strong at 20 Hz. And if you go down to 10 Hz 
or so, there would be a detectable output. So, some of it is 
sub-sonic and could therefore cause excessive overloading. 
You could get into a low frequency saturation problem on 
your tape. 

Woram: Of course, one way to minimize the pop 
problem is to go to an omni microphone. Or, if you’re 
working with a cardioid, working it slightly off axis. 

Schulein: Sortietimes having your performer sing over 
the top of the mic will cut down on popping p’s but may 
get you in trouble with t. The p signal comes out pretty 
straight, but a t signal is dropped down. 

Another thing we’ve found is that three inches seems to 
be a very critical distance for mic popping. Oddly enough, 
as you get in closer on many mies there is apt to be less 
trouble. I know why it gets better at more than three 
inches, but I’m not sure why the sudden improvement at 
less than three inches. 

DRUM MICING 
Schulein: When you fellows are micing drums, do you 

find yourself using a lot of mies—more so than you did in 
the pre-multi-track days? 

Baxter: For me, it depends on how many tracks are 
available for the drums. If I can put the drums on two 
tracks, I’ll use extra mies and try for some stereo effect, 
depending on what the drummer is doing. 

Woram: I’ve been averaging about five mies, if I can go 
onto two tracks. 

Zide: How do you assign them? 
Woram: I usually put two EV RE-55’s (which are 

omni’s) over the drum set and about two feet apart. I’m 
probably violating every rule in the book, but it just seems 
to work out very well for me. Then 1 put an RE 15 close to 
the top of the floor tom, and a condenser mic near the 
snare, and then a 546 in the bass drum. The RE 15 and one 
of the RE 55’s goes to one track and the condenser and the 
other RE 55 to the other, with the 546 split to both tracks. 
I was using a Sony C-22 for the snare, but now I’m trying 
the Neumann 86. 

Katz: For me, the greatest snare drum mic is the 83. It’s 
very small so I can get in really close, and since it’s omni 1 
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A GLOSSARY OF MICROPHONES MENTIONED 

Model Number Manufacturer Transducer type Polar Pattern List Price 

RE 15 Electro-Voice Dynamic Cardioid $159 
RE 55 Electro-Voice Dynamic Omnidirectional $132 
635a Electro-Voice Dynamic Omnidirectional S 52.80 
666 Electro-Voice Dynamic Cardioid discontinued 
SM 53 Shure Bros. Dynamic Cardioid $153 
SM 60= Shure Bros. Synamic Omnidirectional $ 49.20 
SM 76 Shure Bros. Dynamic Omnidirectional $ 11 1 
546 Shure Bros. Dynamic Cardioid $ 142 
U47 Neumann Condenser switchable 

Cardioid/Omni discontinued 
KM S3 Neumann Condenser Omnidirectional $ 225 
KM 86 Neumann Condenser both switchable 

Cardioid/ $ 327 
KM S7 Neumann Condenser figure-8 

omnidirectional $ 342 
44 BX RCA Ribbon figure-8 discontinued 

still get the attack and the snare ring. Sometimes people get 
into problems, trying one mic over and one under the snare. 
You place the 83 properly and you’ll pick up the whole 
drum. 

Woram: I agree with you about the 83. From time to 
time. I’ve borrowed one, and I’ve never been able to beat 
the sound I’ve gotten with it. 

Colchamiro: We’ve gotten very good results with the 
546 on snare. 

Baxter: What about on bass drum? That’s where I use 
the 546. 

Colchamiro: Now, I’m using the 666, but I’ve gone 
through quite an assortment in the past few years. 

Katz: Most of the time I use the 666. But if 1 were 
doing something like a jazz trio, 1 think I’d probably go for 
an 87. 

Schulein: I think the main difference here is response. 
You all end up with more or less the same response, but get 
it in different ways-from different mies or with different 
equalization. 

Bradley: Dick said he liked the 546 for bass drum. Isn’t 
he just using the proximity effect as a tool here? 

Schulein: Probably. You can get a bigger low end than 
you would with an omni. 

Baxter: I find I have good control over the low end by 
moving the mic in or out until I get the right balance. 

PIANO PICKUPS 
Katz: What about stereo micing a piano? Would you put 

the mies in close and at right angles to each other? 
Schulein: I’d probably want to do a little 

experimenting. Just like the drums, the piano source is 
spread out. It’s not like a point source that you’re picking 
up from two different places. 

Bradley: If you get in too close, there’s a hole in the 
middle of the piano. There’s got to be a good amount of 
leakage or it will sound false. 

Schulein: It’s very easy to get into trouble if you double 
mic a piano and put the mies on separate tracks. It sounds 
fine in stereo, but there can be a lot of phase cancellations 
when you combine later to mono. If you are going to use 
two mies onto separate tracks, I think Steve’s idea of 

K putting them at right angles would be the safest bet. 

Woram: Lately, I’ve gotten away from double micing 
the piano. I’ve got one of your SM 60’s and it sounds much 
better than anything else I’ve ever come across. 1 use it 
really in close. Later on if I want a more open sound. I’ll 
use a stereo reverberation room -not a plate, but a natural 
room—and feed the two microphones in the room to 
extreme left and right, with the direct piano output in the 
center. 

THE CONDENSER SOUND 
Schulein: This is something I’ve been interested in fora 

long time. I’ve made comparisons between condensers and 
dynamics, and the responses were practically the same. Yet, 
to the ear there was a subtle difference. The point is, if the 
lab says there’s no difference, and the ear says there is, then 
we’ve got to find other lab testing methods that will reveal 
just what these differences are. 

Katz: I’ve read that a typical dynamic rise time might 
be in the neighborhood of 40 microseconds. For a 
condenser, it’s more like 15 microseconds. That’s not much 
of a difference, but still, 15 is better than 40, and 
subjectively a condenser gives me the sharp attack— 
especially the 83 on the drums—that I like. 

Schulein: Another thing you may like about the 
condenser is the slight high-frequency peak that some of 
them have. This could contribute to the sensation of 
sharpness of attack. 

Zide: Before we break up for the evening, I’d like to 
propose that some of the mixing engineers here send Bob 
Schulein their favorite microphone for some specific 
instrument. He could run some controlled tests and compile 
data on each of the microphones. Maybe once enough tests 
were made, we could see some correlation between test 
results and personal preferences. And then, if any 
conclusions can be made, we’ll include them in a later issue 
of db. . 

1 Development of a Versatile Professional Unidirectional 
Microphone, Robert B. Schulein, Journal of the A.E.S., February 
1970, p. 44-50. 



ROGER ANDERSON and 

ROBERT SCHULEIN 

A Distant 
Micing Technique 
Here is a study of a microphone placement technique 
which some engineers have already discovered 
but not fully utilized. 

D
URING an investigation of distant microphone 
pickup techniques, we were comparing two tape 
tracks recorded from the same source, one 
recorded at a near distance of one foot and the 

other at a far distance of fifteen feet. Compared to the near 
recording, the distant recording had a hollow quality, 
somewhat like short-wave reception when the signal is 
fading. 

Another experiment pinpointed the cause of this effect. 
Here the distant microphone was moved vertically from a 
six-foot altitude down to the floor, keeping the source 
distance constant at twelve feet. Now the hollow effect 
varied in pitch, becoming higher until it vanished as the 
microphone approached the floor closely. With the 
microphone barely off the floor, excellent results were 
produced. The only difference between the near and far 
recordings was the greater reverberation and lower level in 
the far recording, as expected. 

The explanation of this effect may be seen in Figure 1. 
Here a sound source (performer or musical instrument) is 
located four feet above the floor. The microphone is 
located twelve feet away on a floor stand, also four feet 
high. This arrangement might be used with a chorus or 
orchestra to maintain balance between performers and 
capture some natural reverberation; or in a singing/dancing 
routine where the stage area must remain clear. 

The direct sound travels twelve feet; however a 
considerable amount of sound is reflected from the floor 
and up to the microphone again. This reflected sound 
travels a total of 14.4 feet, which is 2.4 feet farther than 

Roger Anderson is chief development engineer and 
Robert Schulein is a senior development engineer, both 
at Shure Brothers, Inc. 

With the microphone barely off the floor, ex¬ 

cellent results were obtained. 

Figure 1. The explanation of the quality change effect caused 
by moving the microphone vertically. 
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A unidirectional microphone used on the floor 
will retain most of its polar discrimination. 

o 
CO 

the direct sound. At a frequency of 233 Hz (wavelength 4.8 
feet) the reflected sound will be 180 degrees out of phase 
with the direct sound, producing the phase cancellation 
effects associated with misaligned tape recorders or 
multiple microphones. This cancellation will also take place 
at all odd multiples of 233 Hz;r.e. ,699, 1165, 1631,2097, 
etc. Actually, the cancellation is not complete because the 
reflected sound pressure is less than the direct sound 
pressure due to its longer travel and imperfect reflection. 
This is still sufficient to produce 15 dB dips in the 
response ! 

An objective experiment to document the effect was 
performed in an anechoic chamber. The results are shown 
in Figure 2. A one-inch condenser microphone and 
loudspeaker were set up four feet above the non-reflective 
mesh floor, separated by a distance of twelve feet. The 
resulting sound field experienced by the microphone is 
shown as curve (A). Next, a 4 x 12-foot sheet of plywood 
was placed on the mesh floor, between the microphone and 
source. Curve (B) is the result. The interference effects are 
quite noticeable. Curve (C) shows the result of a computer 
simulation of the setup, assuming 100 per cent reflection 
from the floor. The similarity of curves (B) and (C) show 
that the effect is real and predictable. The differences are 
due to the restricted size of the “floor” employed, and the 
absorption of the wood at higher frequencies. 

The microphone was then lowered until it was barely 
clearing the floor. Curve (D) is the result, showing that the 
irregularities have disappeared and the level has nearly 
doubled. The high frequency roll-off occurs because the 
center of the microphone is still above the floor level. 

An easy way of visualizing and explaining the situation is 
shown in Figure 3. Here, the floor has been removed and a 
mirror-image “virtual” source introduced which emits 
sound waves identical to the original source. A microphone 
located at A will receive the two sound waves somewhat 
out of step because the path lengths are not the same; 
consequently, interference effects will be produced. The 
only locations which are free of these effects lie along the 
perpendicular bisector of the line joining the two sources. 
Any point on this line will be equally distant from the two 
sources, and the two sounds will be exactly in phase. This 
line corresponds to the floor line in the real situation. Of 
course we cannot semi-sink the microphone into the floor, 
but using 1/16 or 1/8 inch clearance will insure that the 
lowest frequency cancellation is above 10 kHz. 

To demonstrate the effect of a real, not anechoic, 
environment, a sound source was set up 53 inches above the 
floor on the stage of a high-school auditorium. Fifteen feet 
away, and at variable height, the condenser microphone was 
used to record the broadband noise fed into the 
loudspeaker. One-third octave analysis was later performed 

To effectively use this new position, the micro¬ 

phone must be very dose to the floor and in a 
parallel orientation. 

20 50 100 500 IK 5K IOK 20K 

FREQUENCY IN HERTZ 

Figure 2. Anechoic chamber tests. At (A) we see the original 
sound field without a floor. (B) shows a 4- x 12-foot floor 
added. (C) is a computor simulation of (B). (D) is the micro¬ 
phone at floor level. 

to yield the families of curves in Figure 4. The one-inch 
curve is similar to the response of the source measured in an 
anechoic chamber, and is the basis of comparison to the 
other curves. The two-inch curve shows a serious loss 
around 6 kHz. At twelve-inch spacing, the “hole” has 
moved down to 1 kHz, and some near relatives have 
appeared at 3 and 5 kHz. At the usual height of 53 inches, a 
serious dip occurs at 230 Hz, and even at 144 inches on an 
overhead boom some loss may be noticeable. The strong 
smoothing and averaging effect of 1/3-octave analysis 
makes the nulls less drastic than the sine-wave 
measurements, but they still are quite apparent. 

Tests performed with unidirectional microphones have 
shown the same type of response-perturbation which the 
omnidirectionals exhibit. A unidirectional microphone used 
on the floor will retain most of its polar discrimination. Of 
course, when the microphone is close to the source, the 
intensity of the reflected sound is too small to have much 
effect, even though the path length is vastly different. In 
addition, the polar pattern of directional microphones will 
afford useful discrimination against floor reflections. If the 
floor is carpeted, the effects of reflection will also be 
reduced. 

To effectively use this new position, the microphone 
must be very close to the floor and in a parallel orientation. 
The use of a desk stand places the microphone too high, or 
at an unfortunate angle to the floor. Overhanging the 
microphone head on the edge of a foam block is 

Figure 3. A visualization of the effects described. 

SOUND 
SOURCE 



Figure 4. On location tests. The curves have been displaced on 
this graph for clarity. 

acoustically usable, but mechanically unstable. 
A practical solution to the problem is shown in Figure 5. 

This new stand has been designed to support the 
microphone properly and securely. In addition, it affords 
excellent shock isolation from floor vibrations. It is 
available in two models, the S53P and S55P, to fit 0.790 or 
one-inch diameter microphones respectively, and folds flat 
for storage. 

Once the possibilities of reflections are recognized, other 
applications come to mind. For instance, a recording made 
at a desk from one or two feet away with the usual desk 
microphone stand will show the same type of interference 
effects noticed at greater distances. Similarly, when 

Figure 5. The mic stand that has been devised to take full ad¬ 
vantage of the conditions described. It is commercially avail¬ 
able from Shure. 

recording in auditoriums, putting microphones next to the 
side walls may be desirable. Many other examples will be 
apparent if the principle is kept in mind. 

Our experiments have led to this general rule: When the 
microphone-to-source distance becomes greater than one or 
two times the distance from the source to the reflecting 
surface, it is desirable to place the microphone next to the 
reflector. 

As a bonus, the sound level will be 6-dB higher than if 
the reflecting surface was not present. ■ 

* * 

í MU5IE INDUSTRY? i 
* *A&M RECORDS ★ MERCURY * MOTOWN Í 
* «COLUMBIA * RCA * FANTASY-GALAXY* ï 
* * 
* * 

: FILM SOUND? : 
* * RYDER SOUND*MANHATTAN SOUND* MGM ï 
* *CINE$OUND * COLUMBIA* WALT DISNEY* Í 

Í IÕEX™sers are E X PA N D I N G J 
£ Allison has released her new hi» 45 RPM record; A KEPEX DEMONSTRATION Í 

Write for your free copy to & J 

: ALLISON RESEARCH, INC. Í 

* 7120 SUNSET BOULEVARD ** HOLLYWOOD, CALIE 90046 J 
-X (213)874-6615 * 
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JOHN EARGLE 

How Capacitor Mies 
Produce Cardioid 
Patterns 
I

N the studio, capacitor microphones are almost always 
used in their cardioid or (directional) pick-up pattern, 
but few engineers understand how this is 
accomplished. The purpose of this article is to show 

how this is done—with a minimum of mathematics and an 
abundance of graphics. But first we must touch upon a 
couple of basics. Just what is a cardioid pattern, and just 
how does the basic capacitor element function as an 
electro-acoustical transducer? 

Figure 1 shows a capacitor microphone in its simplest 
form. The capacitor, made up of a fixed back plate and a 
moveable diaphragm, is in series with a battery and a 
resistor. The battery charges the capacitor through the 
resistance, and the steady-state condition which is readied 
after charging is given by the equation 

Q = CE 
Where Q is the charge on the capacitor in coulombs, C is 
the capacitance in farads, and E is the voltage of the 
battery. 

When placed in a sound field, the diaphragm moves and 
the capacitance varies. This in turn tends to vary Q, but the 
high value of R effectively prevents the charge from leaving 
the capacitor. Thus there is a change in the voltage across C 
which is given by 

△ E = AC 
We have made a few simplifications here, but the 
explanation shows essentially what happens. 

A cardioid or heart-shaped, pattern is the sum of two 
simpler ones. Figure 2 shows how a figure-8, (or cosine) 
pattern combines with a constant, or omnidirectional, 

John Eargle is chief engineer of Mercury Sound 
Production 

Figure 1. How a capacitor mic converts sound pressure to 
an electrical signal. The capacitor is charge by a voltage 
source through a resistor: Q (charge) = CE. Sound pressure 
varies C which tends to vary Q. However, the high value of 
R prevents the charge from leaving the capacitor. Thus there 
is a change in voltage on C which is AE = Q/AC. This voltage 
then appears as a signal across R. 

C 

pattern to yield the familiar cardioid. It’s a pure and simple 
geometrical construction shown in polar form, where O 
represents the angle of incidence to the microphone. 
Obviously, if we can make a set of capacitor elements 
exhibit both figure-8 and omnidirectional response at the 
same time, then by linear combination the output will be a 
cardioid. We are just about to show how this is done, but 
first we must relate the familiar elements of electrical 
circuits with their mechanical analogs (Table 1). 

TABLE 1 

Electrical Quantity Mechanical Quantity 

Voltage (E) 

Current (I) 

Resistance: 

Capacitance: 

Inductance: 

(Impedance Analogy) 
Force (F) 

Velocity (V) 

Damping (dash pot) 

Compliance: 

Mass: 

A simple example of an electro-mechanical impedance 
analogy is shown in Figure 3. Here, the series resonant 
electrical circuit is likened to a weight bobbing up and 
down on a spring (the dash pot represents the normal 
viscosity of air acting on the spring and weight tending to 
damp out their oscillation). Note that at resonance a low 
force results in a high velocity in the mechanical circuit, 
while a low voltage results in a high current in the electrical 
circuit. Stated differently, both systems exhibit low 
impedance at resonance. 

Both systems have the same resonance curve, as shown 
in Figure 4, for a constant applied force or voltage. Note 
that this curve has three regions of interest. Below 
resonance the response falls off at 6 dB-per-octave. Above 

Figure 2. The construction of a cardioid from its two components. 
Thus, if we can make a mic element behave as an omni and a 
Figure-8 simultaneously, its output will have the directional 
characteristics of a cardioid. 

CARDIOID = "FIGURE 8" + OMIDIRECTIONAL 

MATHEMATICALLY, 

C = I + COSS = = COSS + 



Figure 3. Examples of analogous electrical and mechanical circuits. 

IMPEDANCE 
ELECTRICAL ELEMENT MECHANICAL ANALOG 

VOLTAGE (E) 
CURRENT(I) 
RESISTOR: 

CAPACITOR: 

INDUCTOR: 

EXAMPLES OF RESONANCE: 

ELECTRICAL CIRCUIT 

L 

FORCE (F) 
VELOCITY (V) 
DAMPING : 

MECHANICAL CIRCUIT 

resonance the same thing occurs, while in the region of 
resonance, depending on how much damping there is, the 
response is fairly flat. There is another description of this; 
above resonance the systems are said to be mass or 
inductance controlled. That is, the reactance of these 
elements is far greater than that of the other elements. 
Below resonance the systems are said to be compliance or 
capacitance controlled. In the region of resonance (where 
the reactances largely cancel) the systems are said to be 
resistance controlled if there is enough damping or 
resistance present in the systems to flatten out the curve. 

We are now ready to take a look at the compound 
diaphragm system which makes us a modern capacitor 
microphone (see Figure 5). Note the following 
characteristics of this arrangement: 

1. There are two diaphragms on either side of the back 
plate. 

2. The back plate is perforated by many fine holes. 
3. There are additional holes on each side of the back 

plate (which do not go all the way through) which 
provide extra viscous damping for the diaphragms. 

Figure 4. A resonance curve for constant voltage or force input 
for the circuits of Figure 3. The arrow at A points to the fact 
that above resonance, the system is mass or inductance 
controlled. However, below resonance the system is compliance 
or capacitor controlled. Both curves roll off at 6-dB per octave. 

4. The two diaphragms and the back plate constitute 
three electrodes. 

In the standard omnidirectional back-up, the three 
electrodes are powered as shown in Figure 6(A). Here, the 
back plate is at ground potential, while both diaphragms are 
biased positively. Under this condition the microphone 
responds only to pressure variations as shown in Figure 
6(B), and this yields omnidirectional response. Further¬ 
more, the system is operating well below resonance and 
there is a 6-dB/octave rise in diaphragm velocity with 
frequency as shown in Figure 6(C). If the velocity of the 

Figure 5. A standard capacitor mic (a U-67) looks like this. Notice 
that there are two diaphragms, one on each side; the back plate 
is perforated by many fine holes; there are additional holes 
provided in the back plate for purposes of damping; and the back 
plate and two diaphragms constitute three electrodes. 

Figure 6. Here is the compound capacitor mic in its electrical 
connection for omnidirectional response. At (A) the electrical 
connection; at (B) this electrical connection is sensitive only 
to these motions of the diaphragms; at (C) diaphragms are 
compliance controlled. 

( B) 

(C) 
CO 
co 
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ELECTRICAL 
CONNECTION 

THIS ELECTRI -
CAL CONNECTION IS 
SENSITIVE ONLY TO 
THESE MOTIONS OF 
THE DIAPHRAMS. . 

BEHAVES LIKE 2 RIBBON MICROPHONES IN PARALLEL 
(B ) 

Figure 8. A summation of the two patterns of Figures 6 and 7. 

Figure 7. The same mic as in Figure 6 only connected in standard 
figure-8. At (A) electrical connection; at (B) this electrical 
connection is sensitive only to these motions of the diaphragms; 
at (C) diaphragms are resistance controlled in this mode, however, 
pressure difference between the two sides of the capsule rises 
with frequency. 

diaphragm rises with frequency at 6-dB/octave, then the 
amplitude of the diaphragm displacement is constant with 
frequency. This is an elementary fact of calculus, and 
further explanation is beyond the scope of this article. 
What is important is to observe that the flat amplitude 
response in this mode of operation results in a flat electrical 
output over the operating range. 

By a simple change in the polarity of one of the voltage 
sources in the compound capacitor array, we get a figure-8 
response out of the array. As shown in Figure 7(A),(B), this 
array produces an output voltage only when the two 
diaphragams are moving in parallel. This motion resembles 
the action of a ribbon microphone; at right angles to the 
capacitor array, the two motions cancel electrically, while 
pressure variations perpendicular to the diaphragms 
produce a maximum voltage output. In this connection, the 
array is acting as a pressure gradient microphone; that is, it 
responds to the difference between the instantaneous 
pressures existing on each side of the capacitor array. 
Because of the finite acoustical path length between the 

*- two sides of the array, there will always be a pressure 
2 gradient or difference between the two sides, and this 
— pressure difference is a direct function of frequency as 
°- shown in Figure 7(C). Because of the many fine holes in the 
.□ back plate there is a high degree of damping on the motion 
~ of the diaphragms in this pressure gradient mode. The 

mechanical circuit is operating in its resistance controlled 
co mode, and it is this, in combination with the frequency 

Figure 9. A schematic of the variable-pattern Neumann M-49 
microphone. 

dependent pressure gradient, which results in a response 
which rises 6-dB/octave with frequency. 

We have described two distinct motions of the 
compound capacitor array, one producing omnidirectional 
response and the other producing figure-8 response. Both of 
the motions are linear, and they can be added geometrically 
as shown in Figure 8. Since these two motions coexist in 
the compound capacitor array, we can combine them in 
any degree by simply providing a center-tapped 
potentiometer in the biasing network, as shown in Figure 9. 
This is a schematic diagram of the variable-pattern 
Neumann M-49. When the swinger of the potentiometer is 
at the positive end of the voltage source, the response is 
omnidirectional. When the swinger is at the center tap the 
response is cardioid, and when it is at the negative end the 
response is figure-8. There is a gradual transition from one 
pattern to another as the swinger moves from positive to 
negative. 

1 have described the fundamental workings of the 
compound capacitor array in modern capacitor micro¬ 
phones. Actual design work however goes far beyond these 
fundamentals. The effects of diffraction, material choice, 
and dimensions would all play a large part in determining 
the sound of a microphone. Their choice would in fact 
determine how well the principles 1 have outlined would 
work. ■ 

REFERENCE: 

New High-Grade Condenser Microphones F.W.O. Bauch, 
Journal of the AES July 1953 Volume 1, Number 3. 



40th AES Convention 
and Exhibition 

SCHEDULE OF EVENTS 

LOS ANGELES HILTON HOTEL 
Monday, April 26, 5:00-7:00 P.M.-Welcoming 

Cocktail Party 

REGISTRATION 
Monday, April 26-1:00 to 5:00 P.M. 

EXHIBITORS ONLY 
Tuesday, April 27-8:00 A.M. to 8:00 P.M. 
Wednesday, April 28-8:30 A.M. to 8:30 P.M. 
Thursday, April 29-9:00 A.M. to 5:00 P.M. 
Friday, April 30-9:00 A.M. to 5:00 P.M. 

For Recording Studio Workshop 
Registration will be at the door. 

EXHIBIT HOURS 

Tuesday and Wednesday, 
April 27 and 28- 1:00 P.M. to 9:00 P.M. 

Thursday and Friday, 
April 29 and 30-11:00 A.M. to 5:00 P.M. 

PACIFIC, WILSHIRE, GARDEN AND SIERRA ROOMS 

DEMONSTRATION ROOMS 
Mission, Cleveland, Washington, Detroit, Boston, Buffalo 

St. Louis, Foy, New York, Dallas, Hartford 

TECHNICAL SESSIONS 
Tuesday, April 27-9:30 A.M. A&B 

2:00 P.M. C 
7:30 P.M. D 

Wednesday, April 28-9:30 A.M. E 
2:00 P.M. F & G 

No Sessions Wednesday evening 
Thursday, April 29-9:30 A.M. H 

2:00 P.M. J & K 
Social Hour -7:00 P.M. Los Angeles Room 
Awards Banquet -8:00 P.M. Golden State Room 

Friday, April 30-9:30 A.M. L 
2:00 P.M. M 
7:30 P.M. N 

Note: Session N-Recording Studio Workshop 
No Registration Fee 

LADIES ACTIVITIES 
A program of activities is being planned. Ladies may join 

the hostess and her committee at 9:00 A.M. each day for 
coffee and sweet rolls before commencing the day's activities. 
Suite number will be posted. 

Ladies Committee: Mrs. William Brandt 
Mrs. Hugh S. Allen, Jr. 

ui 
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SESSION A 

Tuesday, April 27, 1971,9:30 A.M. 
Golden State Room 

MAGNETIC RECORDING AND 
REPRODUCTION 

Chairman KEITH JOHNSON, 
MCA Technology, 
North Hollywood, California 

A High Energy Cassette Tape With Compatible 
Magnetic Properties D. A. Eilers and E. W. Reed, 3M 
Company, Magnetic Products Division, St. Paul, 
Minnesota 

A Servo Controlled Recorder For Studio Applica¬ 
tions Harold T. Schneider, Philips Broadcast 
Equipment Corp., Montvale, New Jersey 

Chromium Dioxide Audio Tape Klaus E. Naumann, 
Memorex Corporation, Santa Clara, California 

The Fringing Response Of Magnetic Reproducers At 
Long Wavelengths-J. G. McKnight, Ampex Corpora¬ 
tion, Redwood City, California 

Musicassette Quadrasonic: Tape Record Compati¬ 
bility-E. R. Hanson, North American Philips Corp., 
New York, New York 

SESSION 3 

Tuesday, April 27, 1971,9:30 A.M. 
Los Angeles Room 

AUDIO MEASUREMENTS AND 
NOISE CONTROL 

Chairman: CHARLES HORTON, 
Altec, Anaheim, California 

The Application of Impulse Measurement Techniques 
To The Detection of Linear Distortion Alfred 
Schaumberger, Georg Neumann GmbH Electro-
acustic, W. Berlin, Germany (translated and presented 
by Stephen F. Temmer. 

30 Band 1/3 Octave Spectrum Analyzer-Daniel N. 
Flickinger, Daniel N. Flickinger & Associates, Inc., 
Hudson, Ohio 

A 1/3 Octave Real Time Analyzer Using Calibrated 
Meter Readout Victor M. Hall and J. Earl Chapman, 
Communications Company, Inc., San Diego, 
California 

Instant RT60 Victor M. Hall and J. Earl Chapman, 
Communications Company, Inc., San Diego, 
California 

Airport Noise Management John K. Hilliard, 
Ramberg & Lowrey, Architects (Acoustics and Noise 
Control Division), Santa Ana, California 

Application of Acoustically Terminated Tube for The 
Measurement of Horn-Loudspeaker-Driver Character¬ 
istics and Comparison of Distortion Measurement 
Methods—Bart N. Locanthi, Ludwig W. Sepmeyer, 
Independent Consultants, Los Angeles, California 

SESSION C 

Tuesday, April 27, 1971,2:00 P.M. 
Golden State Room 

DISC RECORDING AND REPRODUCTION 

Chairman: STEVEN A. GUY 
Location Recording Service, 
Burbank, California 

A New Dynamic Feedback Stereo Cutter-Head With 
Associated Solid State Driving System Howard S. 
Holzer, Holzer Audio Engineering Company, Los 
Angeles, California 

Further Improvements In Performance of the Westrex 
3D-1I Stereodisk System Frank E. Pontius, Westrex, 
Beverly Hills, California, and John P. Jarvis, 
Consulting Engineer, Northridge, California 

Groove Echo In Lacquer Masters Daniel W. 
Gravereaux and Benjamin B. Bauer, CBS Labora¬ 
tories, Stamford, Connecticut 

Development of Skew-Sampling Compensator for 
Tracing Error Shigetaka Washizawa, Tomofumi 
Nakatani and Takeo Shiga, Nippon Columbia Co., 
Ltd., Kawasaki, Kanagawa, Japan 

Analysis of Crosstalk in Stereo Discs Bernhard W. 
Jakobs, Shure Brothers, Inc., Evanston, Illinois 

The Education and Tribulations of a Precursory Disc 
Recording Engineer Robert Callen, Glen Glenn 
Sound Company, Los Angeles, California 

A Console Approach to Quad-Sound Disc 
Mastering Michael S. Levey, The Custom Fidelity 
Company, Inc., Hollywood, California 

SESSION D 

Tuesday, April 27, 1971,7:30 P.M. 
Golden State Room 

STUDIO RECORDING TECHNIQUES 
TODAY 

Chairman: HUGH P. STARK, 
Elektra Records, Los Angeles, California 

On The Processing of Two and Three-Channel 
Program Material for Four-Channel Playbacks John 
Eargle, Mercury Record Productions, Inc., New York, 
New York 

Studio Recording Techniques of a Small Recording 
Studio Philip Kaye, ABC Dunhill Records, Los 
Angeles, California 

Dual-Triphonic Matrix Stereo System Takeo Shiga, 
Michio Okamoto, Nippon Columbia Co., Ltd. and 
Duane H. Cooper, University of Illinois, Urbana, 
Illinois 

Two Ears. One Mind, and the Stereo System David 
Thuesen, Poppi Recording Studios, Hollywood, 
California 

Design Considerations for a New Studio Complex 
John Mosely, Command Studios, London, England 
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A Stereo-Quadraphonic System B. B. Bauer, Daniel 
Gravereaux and Arthur J. Gust, CBS Laboratories, 
Inc., Stamford, Connecticut 

On The Acoustics of Multi-Track Recording 
Studios—Michael Rettinger, Consultant in Acoustics, 
Encino, California 

SESSION E 

Wednesday, April 28, 197 1,9:30 A M. 
Golden State Room 

TRANSDUCERS 

Chairman: AUSTIN J. BROUNS, 
Advanced Technology Center, Inc., 
Dallas, Texas 

A High Quality All Horn-Type Transducer Raymond 
Newman, Electro-Voice, Inc., Buchanan, Michigan 

Improved Measurement of Loudspeaker Parameters 
J. Robert Ashley and M. D. Swan, University of 
Colorado, Colorado Springs, Colorado 

A Mobility Analysis of the Closed Box and Reflex 
Loudspeaker Enclosures Wayne M. Schott, Zenith 
Radio Corporation, Chicago, Illinois 

Transducers and Industrial Espionage Leo Jones, 
Saber Laboratories, Inc., San Francisco, California 

Gradient Loudspeaker for Low Frequencies-W. L. 
Hayes, Altec, Anaheim, California 

SESSION F 

Wednesday, April 28, 1971, 2:00 P.M. 
Golden State Room 

SOUND REINFORCEMENT AND 
ARCHITECTURAL ACOUSTICS 

Chairman: CHARLES A. STANDIFORD, 
Altec, Anaheim, California 

The World’s Most Powerful Sound System Robert 
E. Reim, Hannon Engineering, Inc., Los Angeles, 
California 

Blossom Music Center Daniel N. Flickinger, Daniel 
N. Flickinger and Associates, Hudson, Ohio 

The Alteration of the Reverberation Times in a Small 
Theater and a Concert Hall Using Loudspeaker 
Equipment- Ernst-Joachim Voelker, Radio and TV 
Hessischer Rundfunk, Frankfurt, Germany 

A Complex Sound System Equalization-G. R. 
Thurmond, McCandless Consultants, Inc., Austin, 
Texas 

Sound Reinforcement Systems for the Modern High 
School and College Gymnasium Complex Albert A. 
Huff, Hannon Engineering, Inc., Los Angeles, 
California 

Acoustical Design of Poppi Studios Ronald L. 
McKay, Bolt, Beranek and Newman, Inc., Canoga 
Park, California 

SESSION G 

Wednesday. April 28. 1971. 2:00 P.M. 
Los Angeles Room 

AUDIO IN AM, FM AND 
TV BROADCASTING 

Chairman: DONALD C. McCROSKEY, 
American Broadcasting Co., 
Hollywood, California 

The Dorren Compatible Four-Channel FM Broadcast 
System James Gabert, KI01, San Francisco, 
California 

A Tape Cartridge Recorder System Employing 
Integrated Circuit Logic and DC Servo Motor 
Drive-Ron DeBry, Garon Electronics (A Division of 
Visual Electronics), Sunnyvale, California 

A Sound Augmentation System Donald C. McCros-
key, American Broadcasting Company, Hollywood, 
California 

The Measurement and Control of Loudness Levels-of 
Broadcast Sounds—E. L. Torick, R. G. Allen, P. 
Milner, B. B. Bauer, CBS Laboratories, Stamford, 
Connecticut 

Panel Discussion: The Control of Loudness in 
Broadcasting 

Moderator: Donald C. McCroskey, American 
Broadcasting Company, Hollywood, California 

Panel: Kenneth Erhardt, National Broadcasting 
Company, Los Angeles, California 
Wallace Kabrick, Gates Radio Company, 
Quincy, Illinois 
Joseph D. Kelly, Glen Glenn Sound, 
Hollywood, California 
Emil L. Torick, CBS Laboratories, Stamford, 
Connecticut 

SESSION 11 

Thursday, April 29, 1971,9:30 A.M. 
Golden State Room 

SIGNAL CONTROL-SYSTEMS 

Chairman: SHELLEY HERMAN 
Allison Research, Inc., 
Hollywood, California 

A Different Approach to Multi-Channel Home 
Recording Systems John Mosely. Command Studios, 
London, England and Lou Lindauer, Automated 
Processes, Farmingdale, New York 

A New Disc Mastering Console Designed for 
Flexibility Robert M. MacLeod, Jr., Artisan Sound 
Recorders, Hollywood, California 

Double Sound System Stan Horobin, Supervisor, 
Audio Operations, Canadian Broadcasting Corpora¬ 
tion, Toronto, Canada 

Sound Effect Systems, Simple and Complex David 
L. Klepper and Vincent Piacentini, Bolt, Beranek and 
Newman, Inc., New York, New York 



A Functional Review of the New Automated 16 
Track Recording Console at Capitol Records Studio 
A Hollywood-Deane E. Jensen, Quad Eight Sound 
Corporation, North Hollywood, California 

Portable Mic-Mixdown Console Kit B. J. Losmandy, 
Opamp Labs, Inc., Los Angeles, California 

SESSION J 

Thursday, April 29, 1971,2:00 P.M. 
Golden State Room 

ELECTRONIC MUSIC 

Chairman: PAUL BEAVER 
Parasound, Inc., 
Los Angeles, California 

The Electrical Design and Musical Applications of an 
Unconditionally Stable Combination Filter/Reso-
nator—Dennis Colin, Tonus, Inc., Newton Highlands, 
Massachusetts 

Synthesis of Moving Sound Sources Robert B. 
Easton, Parasound, Inc., Los Angeles, California 

SESSION K 

Thursday, April 29, 1971,2:00 P.M. 
Los Angeles Room 

AUDIO AND MEDICINE 

Chairman: DAVID ANNETT 
Stanford University, 
Stanford Medical Center, 
Stanford, California 

The Origin and Power Spectrum of Fetal Heart 
Sounds-Dr. Louis Bartolucci, San Francisco, 
California 

A Doppler Ultrasonic Method for Monitoring Fetal 
Cardiac Activity-Paul R. Goldberg, Project Manager, 
Ultrasound Instrumentation for Smith Kline 
Instruments, Palo Alto, California 

A New Approach for Testing the Hearing of the 
Newborn—Clinton O. Jorgensen, Beckman Instru¬ 
ments, Inc., Fullerton, California 

Spectral Analysis of Vascular Murmurs-E. G. Tickner 
and A. H. Sacks, Palo Alto Medical Research 
Foundation, Palo Alto, California 

Characteristics of Acoustical Holography as Applied 
to Medicine-Byron B. Brenden, Holosonics, Inc., 
Palo Alto, California 

SESSION L 

Friday, April 30, 1971,9:30 A.M. 
Los Angeles Room 

AUDIO INSTRUMENTATION 

Chairman: BOB BEAVERS 
Altec, Anaheim, California 

Measurement of Microphone Characteristics-David 
G. Arnold, Shure Brothers, Inc., Evanston, Illinois 

Wideband Microphone Calibrator Ronald Brown, 
Advanced Technology Center, Grand Prairie, Texas 

Low Power Drain Instrument Preamplifier Robert F. 
Downs, OAS/Western, Ocean and Atmospheric 
Science, Inc., Santa Ana, California 

Determination of Loudspeaker Signal Arrival 
Times-Richard C. Heyser, California Institute of 
Technology Jet Propulsion Laboratory, Pasadena, 
California 

Group and Phase Velocity Requirements for Audio 
Systems J. R. Ashley and T. A. Saponas, University 
of Colorado, Colorado Springs, Colorado 

Oscilloscope Adaptor Presents Twenty-Four Simul¬ 
taneously Different Voltages or Events for 
Comparison J. Earl Chapman and Victor M. Hall, 
Communications Company, Inc., San Diego, 
California 

SESSION M 

Friday, April 30, 1971,2:00 P.M. 
Los Angeles Room 

SIGNAL CONTROL-CIRCUITRY 

Chairman: ROBERT A. BUSHNELL 
Bushnell Electronics Corp., 
Van Nuys, California 

A Variable Decay Reverberation System-Johan 
Van-Leer and John Windt, Quad-Eight Sound 
Corporation, North Hollywood, California 

The Foster Freqy—A New Tool in Audio—Don 
Foster, Inventronics—Division of Amos Productions, 
Canoga Park, California 

Electromechanical Line Transducer G. Kirby Miller, 
GTE Sylvania, Inc., Mountain View, California 

An Audio Delay System Using Digital Technology-
Barry Blesser and Francis F. Lee, Massachusetts 
Institute of Technology, Cambridge, Massachusetts 

SESSION N 

Friday, April 30, 1971, 7:30 P.M. 
Golden State Room 

A RECORDING STUDIO 
WORKSHOP 

Chairman: WILLIAM L. ROBINSON 
Sunset Sound Recorders, 
Hollywood, California 

A Recording Studio Workshop Bill Lazerus, 
Recording Workshop Participant, Senior Mixer, 
Sunset Sound Recorders; Brian Ingoldsby, MCA 
Recording Studios, Recording Studio Participant; 
another to be announced later. 

Three of the top recording engineers will present a 
live recording session, a mix-down session from 
sixteen track. A detailed explanation will be given for 
the use of signal processing equipment, microphone 
techniques, and the use of specialized equipment. A 
question and answer period will follow each phase of 
the workshop. 
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PEOPLE, PLACES, HAPPENINGS 
Friends of Rupert Neve of England 

will be interested to learn that they 
have formed a new company in the 
United States- Rupert Neve Incorpo¬ 
rated. Their facilities are located 
within easy road or rail travel of New 
York City and they look forward to 
welcoming many old and new friends 
to their premises. A new Canadian 
Sales and Service Company has also 
been formed and is located in 
Toronto, Ontario. Their highly qual¬ 
ified professional design and audio 
engineers, now this side of the 
Atlantic, are ready to offer even more 
efficient service to their customers. 
For information contact Dave Neve, 
Rupert Neve Incorporated, Berkshire 
Industrial Park. Bethel, Connecticut 
06801. Phone 744-6230, or Rupert 
Neve of Canada Limited, P.O. Box 
182, Etobicoke, Ontario,Canada. 

Ultra Sonic Recording Studios had 
an open house for the industry at their 
new Hempstead, N.Y. studios on 
February 26th. It was a gala affair 
attended by most of the recording and 
allied people in the area. The new 
studios are very impressive and include 
a number of firsts in the Long Island 
area as well as in the industry, db will 
have a story on this new facility 
shortly. One interesting note: the 
premises of the studio was formerly 
the main office of a large stock 
brokerage firm. Maybe it is trying to 
tell us something? 

A look into the future of i.c. 
construction is provided by an 
announcement that Philips Research 
Laboratories in Eindhoven has a new 
process of i.c. mounting that is 
believed highly suited for automation. 
Contact patterns are first made on an 
inexpensive flexible plastic tape. Then 
flip chips are mounted on this tape 
and a final measuring station discards 
the poor chips. Finally a header with 
pins adapted to the product converts 
the i.e.’s to rugged components for use 
on conventional printed circuit mount¬ 
ing. Technical details are soon to be 
published by Philips. 

An inexpensive method of back¬ 
ground noise reduction said to 
considerably improve f.m. reception 
has been announced by Dolby 
Laboratories. Recent experiments in 
London and Chicago have estimated 
that the improvement is equivalent to 
that obtained by an increase in 
transmitter power of 5—20 times, 
while actual area coverage of a station 
can be more than doubled by use of 
the system. Implications for broad¬ 

casters and listeners are of extreme 
importance. 

Derived from the Dolby B System, 
the technique is already in use for 
home tape recording and playback of 
commercially-recorded cassette tapes. 
At present, about a dozen companies 
in the United States, Europe, and 
Japan are licensed to manufacture 
products incorporating the system 
with many more currently making 
arrangements for licensing. 

CLASSIFIED 
FOR SALE 

MODULES FOR ALL TYPES of applica¬ 
tions Discrete to thick film IC devices. 
Preamplifiers to power amplifiers New 
Catalog with schematics. $1 00. PM Elec¬ 
tronics, Inc., Box 46204, Seattle. Wash¬ 
ington 98146. 

AMPEX AG600 half track mono deck in 
custom Formica cabinet. Still in factory 
warrantee $500. L.A. Krause, 1324 N. 
Hwy 360 249, Grand Prairie, Texas 75050. 

WHATEVER YOUR EQUIPMENT 
NEEDS—new or used—check us first. Trade 
your used equipment for new. Write for our 
complete listings. Broadcast Equipment & 
Supply Co., Box 3141, Bristol, Tenn. 
37620. 

COMPLETE TAPE DUPLICATING SYS¬ 
TEM. Convertible 8-track/4-track. One inch 
master and bin with ten 1/4-in. slaves. 
Reliable, trouble-free operation. Some sup¬ 
port equipment available. Greatly reduced 
price. P.O. Box 65856 Los Angeles, Calif. 
90065 Stn. 967 

WESTREX/SCULLY STEREO DISC MAS¬ 
TERING system complete including Scully 
variable pitch automated lathe, Westrex 3D 
system, two Pultec EQP-1A equalizers, two 
Pultec HLF-3C filters, Ampex 300-2 
recorder with preview assembly, Fairchild 
Conax, Gates Limiter, McIntosh MC-275 
monitor amp., JBL speaker systems (two), 
plus other miscellaneous cutting equipment 
mounted in four Bud Rack units. System is 
completely wired and ready to cut. Call or 
write for more information. Frankford/ 
Wayne, 212 N. 12th Street, Philadelphia, 
Pa 19107. Mr. Steele. (215) 561 1794. 

FOR SALE: NATIONALLY KNOWN 
RECORDING STUDIO. Eight-track opera¬ 
tion (can be used for sixteen track). Located 
in Music City, U.S.A. (Nashville). Five going 
labels, two publishing companies. S100,000 
gross annual custom business. Reason for 
sale: owner desires to devote full time to 
electronic manufacturing. Write Box 5-A, db 
Magazine, 980 Old Country Road, Plain¬ 
view, N.Y. 11803. 

AMPEX, ALTEC, MclNTOSH, etc. Equip¬ 
ment for four track studio complete. Steal 
it!. First S4950. Investigate now. Evenings, 
Stan Johnson, (319) 323-2873. 

SOLID-STATE AUDIO PLUG-IN OCTAL 
(1" Dia X 2" H) modules Mic preamps, 
disc & tape preamp-equalizers, tape bias 
osc & record ampl . power amps & power 
supplies. Send for free catalog and audio 
applications Opamp Labs., 172 So. Alta 
Vista Blvd., Los Angeles, California 
90036 

AMERICA'S LARGEST SELECTION of 
new and used broadcast and recording 
equipment! Latest bulletins available. The 
Maze Corporation, P.O. Box 6636, 
Birmingham, Ala. 35210. 

WANTED 

WANTE D-DISC MASTE RING -synthesizer 
recordings. International Recording Com¬ 
pany, 49 Desmond Avenue, Bronxville, N.Y. 
10708. (914) DE 7-5726. 

EMPLOYMENT 

PROFESSIONAL RECORDING PERSON 
NEL SPECIALISTS A service for employ 
ers and job seekers Call today! Smith's 
Personnel Service. 1457 Broadway. 
N.Y.C. 10036. Alayne Spertell 212 Wl 
7-3806 

ENGINEER/CASSETTE SPECIALIST. Un¬ 
usual opportunity for take-charge type of 
individual experienced in mechanics and 
electronics of audio cassettes to head new 
program for AAA1 rated prime tape 
producer. Send resume (including salary 
history and requirements) to Robins 
Industries Corp., Attn: W. Meuselbach, 
1558 127th Street, College Point, N.Y. 
11356. 

PROFESSIONAL SOUND SYSTEMS 
ENGINEER. Must be knowledgeable in 
communications audio field, major installa¬ 
tions, and systems equalization. Contact 
Bernard Johnston, DuKane Corp., St. 
Charles, Illinois 60174. Phone (312) 
584 2300. 



Altec introduces a 4-foot control console 
with up to 28 inputs and 16 outputs. 
It’s built to your specs...delivered ready to use. 

It’s the all-new, all-solid-state Altec 9300A control 
console. Only 5IV2 inches long, it features direct-
plug-in modular construction that lets you custom 
tailor your own board by simply selecting the 
specific modules you need. 
The new Altec 9300A gives you up to 28 inputs 
and up to 16 outputs. And any input may be 
connected to any output by means of a switching 
matrix on each input channel. 
Here are some exclusive features designed into 
the new Altec 9300A. 
• Channel Check provides an individual instant 
check of all input lines without interrupting the 
program. 
• A Pre Cue pushbutton transfers signals from the 
output buss to the cue buss. 
• A Modulite Visual Volume Level Indicator on 
each module tells exactly how much level is 
being fed to tape machines. 
• Echo Facilities permit selection of internal or 
external reverb devices and a bright cr soft timbre. 
• Color-coded knobs enable fast and easy 
matching of input channels with correct output 
selector modules. 
• 22 dB of headroom. 

Mail this coupon for all the details on the 
new Altec 9300A console. 

To: Altec Lansing. 1515 South Manchester Ave. 
Anaheim. California 92803. 

' □ Please send me all the details on the all-new Altec 
9300A control console —including information on how its 
unique modular design will let me simply plug in different 
modules as I need them 
□ I'd like to hear more. Please get in touch with me. 

Namei_Phone___ 

P o s i t i on_St u d i 0_ 

Add ress_ 

i C ity _State_Z ip_ 

A QUALITY COMPANY OF LTV LING Al TEC INC 

See this new Altec control console in action at the AES Meeting, 
April 27-29, L. A. Hilton Mission Room. 
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mea tech 
leads live group 
Six well-known performers. 
Each a technical and creative 
specialist in electronics. 
The best mix of professional 
audio equipment and acces¬ 
sories. 
Result — the range and quality 
of sound that makes for success. 
Success for distributors. Suc¬ 
cess for buyers. Success for 
engineers. Success for record¬ 
ing artists. 
With one name, you get six live 
performers. 

mca tech 

GAUSS 

World leader in the manufacture of high-speed tape 
duplicating systems, speakers and professional record¬ 
ing equipment. 

LANGEVIN 
Nearly 50 years of manufacturing high quality audio 
components, amplifiers, controls, switches and sound 
reinforcement equipment. 

ELECTRODYNE CORPORATION 

Gauss, Electrodyne and Langevin 
invite you to preview their latest 
innovations in audio equipment — 
at MCA TECH's Booth #130 at the 
AES Show. 

Engineering, development and manufacture of profes¬ 
sional custom audio control consoles and components. 

OPTIMATION 

Custom design and manufacture of secondary stan¬ 
dards, amplifiers, power sources and calibration systems. 

■ ■ X-J _  Ä  UNIVERSAL DATA 

UWC 
Manufacture of tape cartridge systems for the computer 
industry. 

SAKI 
MM MM SAKI MAGNETICS 

Design and crafting of the finest audio and digital mag¬ 
netic heads in the industry. 

mca tech 
an mca inc. company 
Corporate Offices: 
13035 Saticoy Street 
North Hollywood, California 91605 
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