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The mixing links. 
Now! Two new tools for even 
greater versatility, and economical 
expansion of SR Sound Systems: 
The compact SR109 Professional 
Mixer gives (or adds) up to eight 
microphone channels, each with 
individual gain control and 
high / low frequency equalization - 
without cramping your budget. 
Adjustable peak limiter with LED 
indicator prevents overload, and a 
peak responding LED indicates 
output clipping level. Built -in tone 
oscillator, headphone output and 
illuminated VU meter. Takes only 
51/4" rack space. The SR109 can be 
connected to one or more SR110 
Professional Monitor Mixers for 
monitor (foldback) mix, or for 
adding stereo output capability. 

Manufacturers of high fidelity 

The SR110 features an 
eight- channel input /single output 
design -can be used as a single unit 
mixdown panel, or stacked for 
multi -channel recordings (use four 
for quadriphonic) or stereo 
broadcasts. Super space-saving- 
takes only 13/4" rack space. Both 
units are ideal for use with the 
SR101 Series 2 Console. 

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

TECHNICORNER 
SR109 
Balanced low impedance microphone 
inputs. Program output circuit is 
600 -ohm balanced line level output 
with less than 1% distortion. 
Minimum clipping level of +19 dBm. 
Each channel has switchable 15 dB 
input attenuator. Maximum gain is 87 
dB. Regulated power su ply operates 
over a wide range of ac line voltages. 
SR110 
All inputs made via single multi -pin 
connector. Mix Bus for 16 inputs. 
Provides a 600 -ohm balanced line level 
output. Up to eight SRI I0's can be 
stacked to provide multiple monitor 
(foldbackl or multi track mixes from an 
SR101 Series2or an SR109. Three -pin 
Male professional audio output 
connector and two 1/4-inch three- circuit 
phone jacks connected in parallel. 

e 
components, microphones, sound systems and related circuitry. 
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month 

l'art two of the Making of the 
Ampex ATR -100 will detail the devel- 
opment of the electronics and the 
achievement of phase coherence among 
channels of tape. 

David R. McLurg has written an 
article on the need and method of 
testing tape tension. As you might ex- 
pect, this goes well beyond the use of 
spring type postage scales. 

Sidney L. Silver returns to our pages 
with The Application of Random Noise 
in Acoustic Measurement, the latest in 
his series of well -studied articles. 

Brass is on our cover in all its bril- 
liant glory. 
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db 
gOtffDOlb!J X .. 
and eliminate 
All the hiss 

with the new 
dbx 1(922 cant 
noise reduction 

it's a direct plug -in replacement for 
the Dolby "A" CAT 22 card. It inter- 

change 
sgstein 

inst antly with no adjustments. It gives you the flexibility to use both 
dbx and Dolby "A" formats with your existing Dolby main frame. It provides more 
than 30dB noise reduction and 10dB extra headroom. It eliminates the hiss which 
remains with Dolby "A ". It gives greater than 100dB dynamic range. It requires 
no level match tones. It's affordable. It costs only $250 per channel. or less than 
half the cost of a free standing noise reduction system. It can go wherever you go in 
its optional Halliburton travel case. It's the new world standard in noise reduction. 
It's available now from your dbx dealer whose name we'll supply along with com- 

rn plete product information when you circle reader service number or contact: 

Dolby is a trade mark of Dolby Laboratories. 

_o 
E 
a 
U 
o 

Xdbx. Incorporated 
296 Newton Street 
Waltham. Massachusetts 02154 
(617) 899 -8090 
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Introducing the solution 
to the print-through problem. 

Q15 
Audicrta 

ctudiotaPe 
.I`J __ /+r+ 

The new Formula Q15 
Low Print Mastering Tape on 2 mil base. 

Now you can have low print without giving up output 
or low noise. 

Formula Q15 on 2 mil polyester base exck,sive from 
Capitol provides lower print than any other studio tape. 
The principle is simple -we began with our heavy duty, 
low noise formulation which already featured excellent 
output and low print- through. Then we coated it on 2 
mil base. The additional spacing between recorded 
layers, compared to 11/2 mil base provides at least 2 dB 
additional print reduction resulting in an unprecedented 

signal to print ratio of 59 dB. 
No wonder the Q15 2 mil is a natural choice for 

those critical needs where print -through has often 
proved troublesome -like narration or where the 
recorded material must be stored for very long periods 
of time. 

So if you've got a print- through problem, we can 
solve it. After all, no other tape manufacturer knows 
professional recording and duplicating needs better 
than Capitol. 

AUDIOTAPE,` A PROFESSIONAL PRODUCT MANUFACTURED BY THE SAME PEOPLE 

WHO MAKE AUDIODISCS' AUDIOFILM,' AUDIOPAK` BROADCAST CARTRIDGES, AND THE LEARNING TAPE:' 

I3Y (.AH tUL. 
al CAPITOL MAGNETIC PIgMlQS A DIVISION OF CAPITOL RECORDS. INC. 1750 NORTH VINE STREET, LOS ANGELES.:ALIFORNIA 90028 
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Pontiac Stadium. 
Pontiac. Michigan. 

a Delta -T installation 

When it comes to performance reliability, installation ease, and 
operation simplicity, the Delta -T 102 digital delay system is in a class by 
itself. So it is hardly surprising that this is the digital delay system most often 
specified by acoustic consultants and engineers for sound reinforcement. 

The Delta -T 102 offers significant improvement in the intelligibility 
and naturalness of sound reinforcement installations by acoustically syn- 
chronizing sound from multiple speaker locations. Proprietary digital tech- 
niques provide such important advantages as 90 dB dynamic range and 
0.2% total distortion. Moreover, a five- position LED headroom indicator 
with 40 dB range gives straightforward, simple level setting. And the 
Delta -Ts modular design assures complete system flexibility making it ideal 
for large acoustically demanding environments as well as providing smaller 
installations in churches, school auditoriums, and theaters with cost effec- 
tive configurations. 

Write on your letterhead for AN -2, a 14 -page 
application note on sound reinforcement. 

Lexicon. Inc.. 60 Turner St. 
Waltham. Massachusetts 02154 
617- 891 -6790 
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CALENDAR 

MARCH 

14 -17 NOISEXPO '77, the National 
Noise & Vibration Control 
Conference and Exhibition. 
Holiday Inn, O'Hare /Kennedy. 
Chicago. Contact: NOISEXPO 
'77, 27101 E. Oviatt Rd.. Bay 
Village, Ohio 44140. (216) 835- 
0101. 

27 -30 NAB Convention Washington, 
D.C. Contact: National As- 
sociation of Broadcasters, 1771 
N St.. N.W., Washington, D.C. 
20036. (202) 293 -3500. 

APRIL 

19 -24 High Fidelity '77 Exhibition. 
Heathrow Hotel. London. Eng- 
land. Contact: British Informa- 
tion Services, 845 Third Ave., 
New York. N.Y. 10022 (212) 
752 -8400. 

25 -28 AUDEX, the International 
Audio Exposition, trade show. 
Las Vegas Convention Center. 
Contact: Charles Snitow, 331 
Madison Ave.. New York. 
N.Y. 10017. (212) 682 -4802. 

MAY 

9 -11 International Conference on 
Acoustics, Speech, and Signal 
Processing, Sheraton -Hartford 
Hotel, Hartford, Conn. Con- 
tact: Clifford Weinstein. B -345. 
Lincoln Laboratory. P.O. Box 
73, Lexington. Mass. 02173. 
(617) 862 -5500 X5465. 

17 -20 London Electronic Component 
Show. Olympia. London. Eng- 
land. Contact: British Informa- 
tion Services. 845 Third Ave.. 
New York, N.Y. 10022. (212) 
752 -8400. 

NOTE: db is interested in acquainting 
our readership with all events that may 
be of interest. However, we frequently 
receive information too late to he of 
use. Kindly send all Calendar informa- 
tion to us at least three months before 
the event so it can be published in the 
issue appearing a month before the 
event is scheduled. Calendar items 
which are received well in advance are 
repeated for several months. 
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Introducing 
the studio condenser 
built forthe road! 

Mode11776 by Electro Voice. 
Getting that "big recording studio" 

sound out in the field can be tough. 
Because studios often depend on condens- 
er microphones that are elaborate, 
delicate, and expensive. 

What's needed is a new type of 
microphone that's strong, smooth, 
and moderately priced. Which exactly 
describes the new E -V 1776. A remark- 
able electret condenser cardioid uniquely 
suited to on- location recording and 
professional sound reinforcement. 

Take a look. The no- nonsense 
diecast case fully protects the low -mass 
electret element and FET impedance 
matching circuit. Even temperatures as 

low as 0° or as high as I30 °F don't 
bother the 1776. And, the 1776 shrugs 
off high humidity. 

Yet the 1776 doesn't trade per- 
formance to gain strength. Its clean, open 

sound extends from 60 to 18,000 Hz, 
and its Single -D cardioid pattern offers 
the advantage of increasing bass as you 
move in ultra close. You can use this 
proximity effect to boost bass, or provide 
greater feedback reduction and performer 
isolation, or both. 

The 1776 can work into balanced 
low impedance, or unbalanced low or 
medium impedance inputs, with plenty 
of output. Which means it matches 
all professional gear and most semi -pro 
and home recorder inputs. Its large 
built -in windscreen includes a blast filter 
needed for close -working vocalists. 
And, the exceedingly low mass of the 
electret element reduces output from 
external shocks and handling noise. A 
quiet- acting switch extends life of the 
4.5V battery in the handle. 

When you add up what the 1776 

Circle 27 on Reader .Service Card 

does -and how it does it- you'll find 
nothing else comes close to matching its 
unique design. Take studio quality 
wherever you go. Pick up a 1776 and hear 
the difference. Today. 

,(0..Model 1776 Single -D 
Cardioid Electret Condenser 
Microphone $99.00 suggested 
user net. Slightly higher 
In the West. 

Elecirol/olce® 
a gUItofl company 
Dept. 1262BD, 686 Cecil Street 
Buchanan, Michigan 49107 

www.americanradiohistory.com

www.americanradiohistory.com


(O 

o o broadc:ast 
PATRICK S. 

Audio and the A.M. Process 

A.M. radio is our oldest form of 
broadcasting service. Despite the proph- 
ets of doom regarding the impact of 
f.m. and television, standard a.m. ser- 
vice is still going very strong. So much 
in fact, that the number of a.m. sta- 
tions is equal to the number of f.m. 
and t.v. stations combined. A.M. 
broadcasting is a very important part 
of the American scene. Perhaps be- 
cause a.m. has been around for so long. 
we may tend to take a patronizing at- 
titude towards it. Although the system 
does have many natural as well as 
regulatory limitations placed upon it, 
when properly operated, a.m. is capa- 

ble of producing a very good quality, 
medium fidelity signal. 

AMPLITUDE MODULATION 
The term a.m. means amplitude 

modulation of the rf carrier. When 
modulation is taking place, there are 
three elements present: the rf carrier, 
one upper, and one lower sideband. 
This is a full, two sideband system. 
The sidebands carry the audio modu- 
lation, and if the modulation is tone, 
then the power in each one of the 
sidebands will be equal to one -fourth 
the average power of the rf carrier (at 

when the problem is 
COMMUNICATION 

CLEAR -COM 

t.. 

w --.`r', .X ,,, 
/A.-..R1ti, 

t_ J \ y`/ yi 
ii Ì 

is the solution 
SETTING STATE -OF- THE -ART STAN- 
DARDS IN THE INDUSTRY for 
communicating under high ambient noise 
conditions. 
COMPARE THESE FEATURES FOR 
BOTH PORTABLE AND PERMANENT 
INSTALLATIONS proven reliability, 30- 
station capacity, single & multiple channels, 
call light cueing, one -year unconditional 
warranty, modular accessories and com- 
fortable headsets to choose from. 

Send us your requirements and we will 
customize a complete modular intercom- 
munications system just for you. 
Call or write for information. 

Clear-Corn 
INTERCOM SYSTEMS 

759 Harrison Street. San Francisco. CA 94107 

(415) 989-1130 
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100 per cent modulation). The aver- 
age power under program modulation 
will be much less. 

The displacement of the sidebands 
from the carrier is determined solely 
by the frequency of the audio modu- 
lation. For example, if the modulation 
is 5 kHz tone, there will he a sideband 
at F,. + 5kHz. and another at F,. - 
5 kHz. But if the audio were 10 kHz, 
then the sidebands would be: Fe + 
10 kHz. and F,. - 10 kHz. The oc- 
cupied bandwidth is twice the audio 
modulating frequency. Therefore, in 
the first case this would he 10 kHz. 
and in the second case, 20 kHz. FCC 
rules permit the station to occupy a 

bandwidth of 30 kHz: all emissions 
beyond this must be severely attenu- 
ated. 

THE PLATE MODULATOR 
Various types of modulators are in 

use -these may be at low or high 
level. The term high level means the 
transmitter p.a. stage is modulated. 
while low level refers to an earlier 
stage. One of the most common types 
is the high level plate modulator. 

In a high level plate modulator. 
modulation takes place in the plate 
circuit of the p.a. stage. Since the side- 
band power is equal to 50 per cent of 
the average carrier power, the modu- 
lator must supply this power. To put 
it another way, the p.a. stage provides 
the rf carrier, and the modulator sup- 
plies the sideband power. 

The output of the modulator stage 
is coupled to the d.c. plate voltage sup- 
ply of the p.a. stage through a very 
large audio output transformer, called 
a modulation transformer. This unit is 

large and bulky because of the high 

Figure 1. A.M. is a double sideband 
system. The displacement from the 
carrier is determined by the audio 
modulation signal frequency. (A) is the 
audio modulation at 5 kHz and (B) is 
the audio modulation at 10 kHz. 

-5 kHz Fc +5 kHz 

UPPER 
CARRIER LOWER 

SIDEBAND SIDEBAND 

- JO KHz 

(Al 

FC + IO KHz 

I 
OCCUPIED BANDWIDTH f 

B) 
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Your professional turntable 
cannot match the performance 

or reliability of this one. 

TheTechnics SP-10 M10I. 
Every professional needs the precision of the Technics 
direct -drive system. That's why radio stations use it. And 

discos abuse it. But every profes- 
sional also needs abundant 
torque. And now you can have 
it. In the SP -10 MKII. 

At 331/2 RPM, the SP -10 
MK Elwin reach the exact 

playing speed within 0.25 of a second. 
That's less than 1/12 of a turn. While it comes to a dead 
stop in only 0.3 of a second. And you don't have to 
worry about subtle slowdowns because a tracking force 
of even 1,000 grams won't noticeably affect its speed. 

You won't find any belts, gears or idlers in the SP -10 
MKII. But you will find our lowest wow and flutter ever 
(0.025% WRMS). Inaudible rumble ( -70dB DIN B). 
And a platter that spins at the exact speed (331/3, 45 or 
78 RPM) regardless of fluctuations in AC line voltage or 
frequency. The reason: A quartz -locked frequency 
generator DC servo motor. 

And the SP -10 MKIIis as reliable as it is precise. 
Even with its abundant torque, you can stop the platter 
with your hand. Because we designed it to take all the 

punishment a professional can dish out. Even after years 
of continued use. 

You'll also get all the refinements a professional 
needs. Like a quartz -locked stroboscope. Remote control. 
Electro- mechanical braking. A dynamically damped 
platter. And a separately housed power supply. 

The SP -10 MKII. One component in the new 
Professional Series from Technics. 

r Panasonic Company 
Technics Dept. 312 
One Panasonic Way 
Secaucus, N.j. 07094 

Attention: Sid Silver, 
Technical Service Specialist. 

Send me technical information on the 
Technics SP -10 MK II turntable. 
Have a Technics audio specialist call for an appointment. 

Thchnics 
by Panasonic 

Professional Series 

NAME 
Please Print 

TITLE 

COMPANY 

ADDRESS_. 

CITY STATE ZIP 

AREA CODE PHONE NUMBER 
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broadcast sound (cont.) 

power audio it delivers and also be- 
cause it is connected into the high 
voltage d.c. supply. The audio is cou- 
pled to the d.c. supply voltage in series 
with the supply voltage. Both the rf 
signal and the audio signal must be 
isolated from the high voltage supply 
itself, so rf chokes and by -pass capaci- 
tors are used for decoupling, and a 
large choke for the audio decoupling 
-this is usually called the modulation 
choke. 

THE MODULATION PROCESS 
Before audio is introduced, the p.a. 

amplifies the rf signal and supplies 
this to the antenna system. As soon as 
audio comes on (assume tone modula- 
tion for the discussion) the amplified 
audio at the output of the modulation 
transformer adds or subtracts from the 
d.c. supply voltage to the p.a. stage. 
When the audio is positive, it adds to 
the d.c. voltage, causing the p.a. out- 
put signal to increase; when the audio 
goes negative, the supply is reduced 
and the p.a. output decreases. The am- 
plitude of the rf waveform is thus a 
replica of the audio signal and the 
carrier is modulated. When the audio 
positive peak causes the rf output volt- 

@o II off Q 

reel to reel 
audio recording 
TAPE 

EMPTY 
REELS 

AMPEX and Scotch 
all professional grades 
on reels or on hubs 

all sizes, widths 
and hub types 

BOXES for all reels, in various colors 

LEADER -,TIMING -& SPLICING TAPES 

Top Quality Competitive Pricing 
Immediate Shipment 

Call or Write /or Details /Prices 

recording supply corp. 
1291 RAND RD -DES PLAINES. IL 60016 

312/297 -0955 
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Figure 2. The high 
level plate modu- 
lator. Both rt and 
at must be de- 
coupled from the 
power supply. 

PA STAGE 

RF DRIVE 

AUDIO 

RF CHOKE 

MODULATOR 

age to double its unmodulated value, 
100 per cent positive modulation is 

reached, and when the rf carrier re- 
duces to zero on the negative audio 
peak, we have 100 per cent negative 
modulation. Since on the positive peak, 
the rf instantaneous peak voltage has 
doubled, the peak rf power output is 
four times its unmodulated power. 
(P = E2 /R) 

SUPER MODULATION 
The negative modulation peaks must 

be limited to 100 per cent according to 
the FCC rules. In recent times, the 
rules have placed a limit of 125 per 
cent on positive modulation peaks. 

Many audio waveforms, especially 
those created by the human voice, are 
non -symmetrical, that is, positive and 
negative peaks are not equal. These 
peaks arrive at the modulator output 
in random fashion, so if a non -sym- 
metrical peak should arrive in a polar- 
ity position with a negative high peak. 
the reproduced audio will sound lower 
than normal because the peak sets the 
percentage of modulation. To over- 
come this, some stations use electronic 
audio units that equalize the peaks. 
while others use an audio unit that 
senses the high peak and always makes 
this positive- switching polarity if nec- 
essary. This causes non -symmetrical 
modulation, allowing the positive mod- 
ulation to be higher than the negative. 
There are other audio processors that 
will force the audio into deeper asym- 
metry, using clipping of the negative 
peak. This clipping creates an amount 
of distortion, but it can push the posi- 
tive modulation to the full 125 per 
cent -if the transmitter can do it! If 
it can be accomplished, the sideband 
power will increase considerably. 

Super modulation does place a heavy 
strain on the transmitter, the system 

II 

MODULATED 
RF OUTPUT 

/ TO ANTENNA 

RF DECOUPLING 

AUDIO DECOUPLING 1_ 
AUDIO 
CHOKE 

MODULATION 
TRANSFORMER 

+DC 
HIGH VOLTAGE 

SUPPLY 

components, and the cooling system. 
The high rf peaks can cause arc -overs 
and underrated components can break 
down. Most older transmitters were not 
designed with this type of operation in 
mind, so they may not be able to 
achieve it or they may break down. 

AUDIO PROCESSING 
Noise and interference are two of 

the limiting factors in a.m. Noise is a 
problem because it ordinarily ampli- 
tude- modulates the signal at the same 
time the program does, and interfer- 
ence occurs because of the low carrier 
frequencies used in the standard broad- 
cast band. The skywave signals travel 
for hundreds of miles after sunset, so 
the majority of stations must reduce 
power, use directional antennas or both. 
In spite of these precautions, there are 
many interfering signals. Another fac- 
tor creating interference is the growth 
of cities. They have expanded horizon- 
tally over considerable distances. While 
the term "fringe areas" is often used. 
conjuring an image of the boondocks, 
in many cases, especially for local sta- 
tions, this is part of their main cover- 
age at night! With the population 
spread out so far, they have difficulty 
providing an interference -free signal 
after sunset. 

To overcome this, stations have re- 
sorted to heavy audio processing be- 
fore modulation. This audio processing 
was used long before the supermodu- 
lation technique came into practice. 
The audio is run through AGC ampli- 
fiers that contain both signal expand- 
ers and compressors. The time con- 
stant is long so as to hold up the 
average of the program signal- chang- 
ing the relationship between peak and 
average in the signal and holding the 
average modulation higher. Peak lim- 
iters are used to further compress the 
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THE CBS SOUND EFFECTS LIBRARY 
IS THE BEST SOUND EFFECTS LIBRARY 
YOU CAN BUY. WE KNOW BECAUSE 
OUR CUSTOMERS TELL US SO! 

16 -LP SET 

Over 8 full hours of today's most important 
sound effects...407 cuts in all... in one 
complete, easy -to -use library! 
Here is a brief sampling of the many sounds Included : 

Actual moonshot launch, from mission control countdown and 
liftoff to the sounds of radio transmission from outer space 
.. Satellite signals, missile base sounds ... Sounds of the North 

Pole; glacial break ups; explosions and avalanches, suitable for 
earthquakes and other natural disasters ... Transportation 
atmospheres; wind effects; and various parade ground sounds 

. Modern airport and aircraft sounds, including helicopters 
... Various auto racing effects, including car starts ... Stadium 
crowds including a comprehensive baseball stadium sequence 

Outdoor crowds, such as street riots. street fighting, rallies, 

COLUMBIA SPECIAL PRODUCTS 

A Service of Columbia Records 

sirens. applauses. etc . Fire engines, traffic, construction. 
car wash and gas station sounds ... Sports sequences including 
scuba diving; boxing; motorboating; and children at play 
... On location nature and rainforest sequences; including 
weather and beach effects ... Various bird sounds; sea lions; 
and horse and wagon effects ... On location sounds from 
prisons and courts of law; stock exchange interiors, department 
stores and supermarkets ... Factory effects; school interiors 
and fireworks effects Orchestra tuning up, party crowds. 
teargas grenades; street vendors . and morel 

*Every sound recorded live...on the spot! 

*Advanced recording techniques 
for superior fidelity! 

*Longer cuts provide easier, 
more convenient looping! 

*Exclusive "Building Block" technique for 
maximum flexibility! 

'Complete Sound Library, designed 
exclusively for professionals! 

Columbia Special Products. 51 W. 52nd 
Room 865 

Gentlemen: 
Please ship the 16 LP CBS SOUND LIBRARY 
following. 

Name 

St.. New York, N Y 

to the 

Address 

City 

State Zip 

Call Letters or F em Name 

Telephone 

i agree to purchase this set of records 
for the low price of 5150. 

Check enclosed Bill an 

Authorized signature 

L 
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broadcast sound (cont.) 

peaks, allowing a still higher average 
modulation. All this processing in- 
creases the average modulation and 
thus the sideband power so that the 
signal sounds louder in the fringe 
areas. As a tradeoff, however, the dy- 
namic range of the audio is compressed. 

LIMITATIONS 
Modulating the transmitter with 

highly processed audio and on top of 
that, applying supermodulation tech- 
niques, cause many factors to become 
of greater importance than they are 
when lesser degrees of modulation are 
employed. 

The high voltage power supply has 
greater demands placed upon it, since 
this is where all the power comes from 
in the first place. Consequently, it must 
be able to meet the new demands and 
its regulation must he good. If it can- 
not deliver, then there will be carrier 
shift. For example, at the positive 
modulation peak when the demand is 

greatest, the power supply d.c. voltage 
may drop, so consequently, the rf 
power output actually decreases in- 
stead of increasing! This is negative 
carrier shift and must he limited to 5 

per cent according to FCC rules. 
The p.a. and modulator tubes work 

especially hard and must be linear 
throughout the modulation amplitude 
swing. If the p.a. plate hits saturation. 
then the peak modulation softens and 
the signal is clipped. On negative peaks. 
the grid current of the p.a. increases 
and the driver must be able to supply 
the additional drive, or again the peak 
will soften. If the p.a. stage is a tetrode 
tube, the screen current will rise dur- 
ing negative peaks when plate voltage 
is zero or very low. This must he con- 
trolled, or distortion results. In all 
these cases, there can be carrier shift, 
soft modulation peaks. and various 
forms of distortion. Unless kept under 
control, these distortions can become 
very severe. 

FIDELITY PROBLEMS 
The mass of iron in the modulation 

transformer and the modulation choke 
will affect the very low audio frequency 
response (below 100 Hz). Besides 
poor response, this can introduce dis- 
tortion and also set off parasitics at 
high modulation levels. Those stations 
on remote control which use over -the- 
air telemetry modulation of the car- 
rier in the area of 22 to 28 Hz can 
experience problems with this function. 

The upper end of the audio re- 
sponse curve can be rolled off by the 
capacities of the modulation trans- 
former and the decoupling used at the 

Figure 3. The A.M. 
modulation proc- 
ess: the audio 
causes the d.c. 
supply to p.a. 
stage to vary with 
the audio. This 
causes the p.a. rf 
output to vary and 
follow the audio. 
(A) indicates no 
audio input, (B) 
shows audio tone, 
positive peak and 
(C) shows audio 
tone, negative peak. 

r\ 

(A) 

(B) 

output of the modulator. Perhaps the 
single largest limitation of audio re- 
sponse in the a.m. system is in its an- 
tenna system. Antennas have internal 
losses, and these increase as more tow- 
ers are used. In the effort to get the 
most radiated rf power out of the an- 
tenna, the tuning results in a high Q 
system, with its attendant narrow band - 
pass. Coaxial transmission lines are 
used, so the antenna must match the 
characteristic impedance of the line 
all across the desired bandpass or there 
will be standing waves (reflections) 
where the match is not achieved. The 
match, then, should be for a band- 
width of 30 kHz. If it is not, the outer 
ends will be distorted or rolled off. 
Broadbanding will make the system 
less efficient, but this is the normal 
tradeoff in broadbanding -any tuned 
stage. The harmonic filters and match- 
ing of the transmitter to the line must 
also be broadbanded. If the system is 

not broadbanded, then it will simply 
act as a low -pass filter, and filter out 
the higher audio frequencies, limiting 
the bandwidth. 

DISTORTION 
Heavy audio processing before mod- 

ulation, and then non -linear operation 
and clipping in the p.a. and modulator 
stages will introduce distortion ele- 
ments, which must be carefully con- 
trolled. When audio clipping does 
occur, the transient response of the 
transmitter is very important. If it is 

(C) 

RF 
CARR _R 

poor, there will be transient overshoots 
at the leading and trailing edge of the 
flat part of the clipped signal. and this 
may be followed by ringing. These are 
essentially the same results you would 
observe on an oscilloscope when using 
square wave testing of an audio system 
or television system. 

Clipping and non -linear operation 
also allows intermodulation to occur. 
This will produce sum and difference 
frequencies of the two intermodulating 
audio signals as well as harmonics of 
both. Many of the harmonics can be 
filtered out if they are high enough in 
frequency, but the sum and differences 
will remain in the audio. When these 
forms of distortion are allowed to 
occur, they muddy the reproduced 
audio so that it lacks brilliance and 
luster; it has a dead sound. If the 
amount of distortion becomes too 
high, then of course, the signal be- 
comes unlistenable and the audience 
will switch the dial! 

SUMMARY 
The a.m. system, even with all its 

limitations, can produce a good qual- 
ity, medium fidelity signal. But trans- 
mitter design as well as improper 
operation can cause serious fidelity de- 
terioration, as can excessive use of 
audio processing. The largest single 
limiting factor to fidelity is the filtering 
action of the antenna system and its 
tuning, and the amount of broadband - 
ing it has adjusted into it. 
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Each of these 
new Peavey Mixers 
costs less than $1,000. 

How do they stack up 
with the competition? 
Have a 
look. 

l' 

I a 
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y 

These new Peavey Mixers have been 
designed to satisfy the requirements of a 

continously variable sound reinforcement 
market. If your requirements are stereo, mono, 
high impedance, low impedance, balanced, or 
unbalanced,...we've got a mixer for you. 

We offer as standard equipment such 
features as input attentuation variable 
to -40 dB, pre monitor, post effects with 
built -in reverb, effects return, and slide faders 
on even our most inexpensive mixer. 

Comparison of distortion figures, 
frequency response, noise performance, and 
functional features will illustrate the 
tremendous value of these mixers. 

600 Mixer 
6 channel Mono, with 6 low Z, 6 high Z, & 3 auxiliary inputs 
20 Hz to 20 kHz response with less that 0.1% THD 
-123 dBV equivalent input noise 
5 volts RMS out 
Price: $349.50 

600S Mixer 
6 channel Stereo, with 6 low Z, 6 high Z, & 4 auxiliary inputs 
20 Hz to 20 kHz response with less than 0.1% THD 
-123 dBV equivalent input noise 
Stereo pan each channel 
Effects return with pan 
5 volts RMS out 
Price: $424.50 

800S Mixer 
8 channel Stereo, with 8 low Z, 8 high Z, & 5 auxiliary inputs 
20 Hz to 20 kHz response with less than 0.1% THD 
-126 dBV equivalent input noise 
Stereo pan each channel 
Effects & Stereo return with pan 
Left & right Main and Monitor outputs transformer balanced 
4 volts RMS out 
Price: $649.50 

900 Mixer 
9 channel Mono, with 9 low Z, 9 high Z, & 4 auxiliary inputs 
20 Hz to 20 kHz response with less than 0.1% THD 
-123 dBV equivalent input noise 
5 volts RMS out 
Price: $449.50 

1200 Mixer 
12 channel Mono, with 12 low Z, 12 high Z, & 4 auxiliary inputs 
20 Hz to 20 kHz response with less than 0.1% THD 
-123 dBV equivalent input noise 
5 volts RMS out 
Price: $549.50 

1200S Mixer 
12 channel Stereo, with 12 low Z, 12 high Z, & 5 auxiliary inputs 
20 Hz to 20 kHz response with less than 0.1% THD 
-126 dBV equivalent input noise 
Stereo pan each channel 
Effects & Stereo return with pan 
Left & right Main and Monitor outputs transformer balanced 
Transformer balanced inputs 
5 volts RMS out 
Price: $999.50 

All prices are manufacturer's suggested retail. 
Because of freight and duties, export prices are slightly higher. 

For complete specs and information on any 
of the new Peavey professional Mixers write: 
Peavey Electronics, Corp. 
Post Office Box 2898 
Meridian, Mississippi 39301 

Circle Reader .Service Cara' 
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My discussion of filters and cross- 
overs has stimulated some two -way 
communication. Unfortunately, this 
kind of communication can be rather 
slow. In a classroom situation, if a 
student asks a question, even if I do 
not quite understand what he is get- 
ting at at first, a little interchange back 
and forth will quickly enable me to 
see how his thinking goes. Not so, 
when the interchange is slowed down 
by the "service" provided by the U.S. 
Postal Service! 

One correspondent seems to think 
that a Butterworth characteristic is 
the best compromise, and on that 
premise, examines the first three orders 
briefly. Finally, after apparently con- 
cluding that the third order is about 
the best, giving a flat response and 
gradual phase shift, along with a steep 
roll -off on both outputs, he notes that. 
according to my definition in the Sep- 
tember issue, its transfer function can- 
not be synthesized as a constant im- 
pedance network, and suggests that 
this would be a good argument for 
bi- amping. 

NORMAN H.CROWHURST 

Okay. I think I have the way he is 
thinking. Butterworh, Chebyshev, et al. 
are ways of arriving at certain re- 
sponse shapings in filters. When they 
are referred to as best, or a best com- 
promise, those who make those claims, 
whether they realize it or not, are 
thinking in terms of the filter's attenu: 
ation/ frequency response. If phase en- 
ters the picture at all, it is as a sort 
of afterthought: "Oh yes, when you 
change amplitude response, you do 
affect phase response, as well, don't 
you ?" 

So, my correspondent notes that a 
second -order Butterworth is non -mini- 
mum phase, by my definition, as are 
all even -order Butterworth designs, and 
for that reason moves on to third - 
order. Apparently, this transfer func- 
tion appeals to him as ideal, or a best 
compromise thus far at least. So then 
he turns to the question of impedance. 
noting that it cannot as well provide 
a constant impedance input. 

IMPEDANCE 
Which piece do I tackle first? Per- 

In 16 years, more than 300 studios 
have chosen our tape duplication 
system. 

Here's why 
they made 
the right 
choice. 

Since 1960. the Magnefax tape duplication system has delivered high 
performance. long service life and low cost to the professional studio 

Our new model does an even better job. Five simultaneous copies are 
made at 60 IPS to professional standards. All head configurations are 
available. One model will duplicate bulk cassette tape And for best repro- 
duction. our high speed bulk eraser gets you off to a clean start. 

We've made the system so efficient. so easy and so good. you'll agree 
that when you need faithful reproduction. you need Magnefax. 

Magne f c1X.. 
RFD 1, Rogers, Ark. 72756, 5011636 -5770 
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Formerly of 
Lincoln. Nebraska 

haps I can best elaborate on my rea- 
son for introducing the constant re- 
sistance condition. Maybe I did not 
make it clear, but one of the proper- 
ties of the constant resistance configu- 
rations is that, if both outputs are re- 
sistance loaded with their nominal 
value. the input of the crossover com- 
bination reflects a constant resistance. 
not merely a constant impedance. 

But this configuration has other 
properties that are unique to it. And 
these are possibly more important. 
Both the attenuation and phase re- 
sponses are completely complementary. 
This means that the phase difference 
between the two outputs is constant. 

The 6 dB /octave roll -off is simple. 
of course, and has no need to be de- 
scribed as a Butterworth. or anything 
else -it is just a pair of simple r -c 
section combinations, one for high 
pass, one for low pass. The phase dif- 
ference, when correctly aligned, is 

constant at 90 degrees. 
The 12 dB /octave variety has a 6 

dB /octave slope at crossover, and a 
constant phase difference, between the 
two outputs, of 180 degrees. As you 
go more complex, each extra 6 dB/ 
octave of ultimate slope adds 3 dB/ 
octave of slope at crossover, and 90 
degrees to the constant phase dif- 
ference. 

In that sense. I suppose one could 
say that any constant resistance cross- 
over design is not a compromise, al- 
though Butterworth and Chebyshev 
shapings are compromises. in this 
sense. What this means is that the 
close -to -flat response is extended fur- 
ther, and the cut -off beyond crossover 
is made steeper by sacrificing some- 
thing else. 

But at the end of my column in the 
September issue, I said that the choice 
of crossover, and I was talking about 
constant resistance types, nothing else, 
at that point, is a compromise, so 
wasn't I contradicting myself? Just 
now I said any constant resistance type 
is not a compromise, and at the end of 
the September column I said choice of 
slope, by any method, is a compromise. 

At the end of the September col- 
umn, I was talking about whole electro- 
acoustic systems, including the units 
you put together to make into a com- 
posite loudspeaker system. Just now, 
I am talking only about crossover filt- 
ers themselves. There is a difference. 

I am assuming for the moment that 
you make no compromises in the filter 
design which you achieve by using, 
of whatever slope you choose, a con- 
stant resistance configuration, or set of 
values. But you are still faced with a 
compromise, as to what slope to choose 
in designing your composite electro- 
acoustic system. Is that clear? 
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Tune -up, Preset and Change Scenes. 
In Real Time. 

The Series 20A offers great flexibility in theatre sound 
mixing, television production, and concert sound reproduction. 

The Series 20A is totally modular. That means you can 
have custom convenience at off- the -shelf prices. Because 
modularity lets you purchase only the modules you need. 
As your needs expand, you simply plug in more modules. 
And you can customize the arrangement for a particular 
show. Just plug the modules into any position on the chassis. 
No tools required. 

The Series 20A simplifies your real time operation by 
allowing you to predetermine program content and distribu- 
tion. Designed with human engineering in mind, the following 
features are provided. 

4 chassis /enclosure sizes: 21/2' with 21 module positions, 
4' with 31, 5' with 39, and 6' with 47 positions. 

f 
Q 

Cetec 
audio 
For the educated ear. 

Up to 37 input channels, each switch selectable for mic 
and line level signals. Optional switching modules for 
selection of up to 48 additional remote inputs. 
Presettable (mute) circuit for each of four independent 
pre -sets. Any input can be assigned to any combination of 
the four muting circuits. Allows instantaneous changeover 
from one "scene" to another. 

Two complete foldback buses having level and switching 
controls at each input, with sub master controls. 
3 -Knob equalization on every input channel -with boost 
or cut. 

Unique datacable and roadmap configuration to intercon- 
nect Cetec's all solid -state printed circuits. Straightforward 
design provides simple plug -in module positioning. 

For further information, contact Cetec Ai dio 

A division of Cetec Corporation. 
13035 Saticoy Street 
No. Hollywood CA 91605 
Phone: (213) 875 -1900 TWX: 9104992669 

A division of Cetec Systems LTD. 

U.K. Sapphire House, 16 Uxbridge Rd., Ealing, 
London W52BP 
Phone: 01 -579 -9145 Telex: 837329 

n Reader Service Card 
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Your ears are burning with amplified noise. 
Even though your system is delivering 
sound accurately, it's also doing an efficient 
job of pumpirg out noise ... accurately. 
Ideally music should be recreated against a 
dead silent background. The Phase Linear 
1000 accomplishes just that with two unique 
systems: The Auto Correlator Noise 
Reduc:ion and the Dynamic Range 
Recovery Systems. 

* It improves the overall effective dynamic 
range and signal /noise ratio 17.5 dB in any 
stereo system with any stereo source. * The Auto Correlator reduces hiss and 
noise 10 dB without the loss of high 
frequencies and without pre- encoding. * The Dynamic Range Recovery System 
restores 7.5 dB of dynamic range without 
pumping and swishing. * Plus, it removes hum, rumble and low 
frequency noises, without the loss of low 
frequency music. * WARRANTY: 3 years, parts and labor 

Even the finest stereo systems are limited in 
performance by the quality and nature of the 
recording. W :h the Phase Linear 1000, 
these limitations are overcome. Added to 
any receiver or preamplifier, it gives you the 
most significant improvement in sound 
reproduction `or the money ... more than 
any other single piece of equipment you 
could add to your system. Ask your dealer 
for an audition. The silence is deafening. 

pAet 
0 
U 

1000 
Phase Linear Corporation, 

Tr 20121 48th Avenue W. 
Lynnwood. Washington 98036 

You see, I didn't say anything about 
Butterworth, Chebyshev, or any other 
fancy shaped response, thus far. So 
my correspondent's suggestion, "if you 
assume a Butterworth characteristic to 
be the best compromise," introduces a 
use of compromise that I had not even 
considered in the September column - 
a compromise away from the constant 
resistance basis. 

My assumption of a constant re- 
sistance design tacitly assumes that we 
have perfect loudspeakers in the elec- 
trical sense, that their impedances are 
constant resistances, which is not so of 
any loudspeaker unit. Therefore my 
reasoning that enables me to use an 
uncompromised filter design is imme- 
diately compromised because I must 
use imperfect termination for my "per- 
fect" filters! The question then arises, 
whether one form of compromise is 
any better than another. This is where 
it begins to get difficult to keep the 
variables, or parameters, separate in 
our minds, simply because they are not 
separate in the real world. But if we 
can use our pseudo -perfect discussion 
as a kick -off point from which to in- 
vestigate the real world, perhaps we 
can begin to get our thinking straight. 

The illustration I used in the Sep- 
tember issue, synthesizing a 24 dB/ 
octave response from two 12 dB /oc- 
tave responses, was intended to help 
visualize why the rapid changes in 
phase response, that inevitably accom- 
pany the sharper roll -offs, produce ef- 
fects on audio reproduction that are 
undesirable and thus constitute a fac- 
tor that must enter the overall com- 
promise. Using Butterworth, Cheby- 
shev, m- derived, or any other design 
will not change this. 

Because someone showed, in a cer- 
tain context, quite different from this, 
that a Butterworth is a best compro- 
mise for that context, does not get out 
of the compromise we are discussing 
in any way whatever. 

To illustrate how context changes 
requirements, we could move to the 
design of filters associated with multi- 
plex demodulation. In that context. 
the ideal is not minimum phase, but 
linear phase, which means a phase 
delay that is proportionate to fre- 
quency. A phase delay proportionate 
to frequency is the same as a constant 
time delay. Achieving this objective 
makes the design of the rest of a 
multiplex system relatively easy. 

PHASE ADVANCE 
However, in crossover networks we 

are concerned not only with phase 
delay, but also with phase advance. 
Although phase advance involves dif- 
ficulties in conceptualization, it's really 
quite simple, thinking in terms of 

phase. Phase can be delayed -why 
cannot it also be advanced? But if you 
are thinking in terms of rime, then a 
phase advance represents a situation 
where the signal "gets there before it 
leaves." How can an electronic net- 
work possibly anticipate what is corn- 
ing, before it arrives? 

One way to clarify this is by analogy 
with waveguide technology. Inside a 
waveguide, there are three velocities of 
wave movement. Basic to the system is 

the propagation velocity. But then, due 
to the way the waves propagate. in a 
sort of criss -cross fashion, the wave 
energy does not progress down the 
guide quite as fast as the waves prop- 
agate. That speed is called the "group 
velocity." 

When energy is flowing at that fre- 
quency continuously, another velocity 
is evident, called "phase velocity." 
Phase velocity is higher, or apparently 
faster, than propagation velocity, by 
the same ratio that propagation veloc- 
ity exceeds group velocity. What does 
this mean, related to our multi -way 
speaker system? It means that phase 
advance, at the low frequency end of 
the high -pass response, occurs during 
steady transmission of a frequency in 
the vicinity of crossover. But at initial 
transients a different condition applies, 
where energy has to build up to that 
condition. 

CROSSOVER FILTERS 
Crossover filters are sharp cut -off, 

wide band filters. In having sharp cut- 
offs, where they do, they are quite sim- 
ilar to narrow -band filters with similarly 
sharp cut -offs. In fact the Butterworth 
and Chebyshev shapes apply the tech- 
nology originally developed for nar- 
row -band applications to wide band 
filters such as crossovers. 

Now, if you have a single tuned, 
high -Q circuit, it will act as a narrow - 
band filter. Because of this, it will not 
respond immediately to just one cycle 
of its resonant frequency particularly 
more than it would respond to any 
other frequency. It takes time, if the 
Q is high -a great many cycles -for 
the filter to build up to its steady 
response. 

After the signal is terminated, it 
takes an equal amount of time for the 
response to die away. In short, to 
transient signals, whose dominant fre- 
quency components happen to be in its 
resonant range, such a circuit rings. 
The same effect has been observed, to 
a lesser degree admittedly, with sharp 
cut -off crossovers, and for the same 
reason. 

Now, to the question of bi- amping. 
Here we run into another popular mis- 
conception. It is true that bi- amping 
has advantages that we have hovered 
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THE INDISPENSABLE HARMONIZER 

The Eventide Harmonizer is the most versatile 
special effects instrument ever packaged in a single 
unit. Not only is it a full -fledged digital delay line, a 

pitch changer with a two octave range, and an anti - 
feedback unit which allows boosting of sound levels, 
but it can also be used to speed up or slow down 
tapes. Although it has only become available recently, 
it has already produced some of the wildest effects 
on record. 

The possibilities are endless. Its digital circuitry 
and Random Access Memories (RAM's) transpose 
input signals anywhere up to an octave above or 
below the original, while preserving harmonic ratios 
(and thus musical values). As a low -cost, versatile 
delay line, the Harmonizer is used for "doubling" 
(or tripling) vocals, for delay equalization in sound 

V pat. pending 

reinforcement, and for many types of reverb /echo 
special effects. An optional phase-locked Keyboard 
allows the performing musician to construct harmo- 
nies in real time. In addition, through the combin- 
ation of feedback, delay, and pitch change, the 
Harmonizer permits previously unavailable special 
effects. Only personal experience and experimen- 
tation will show you the full range of its capabilities. 

Harmonizer H910: $1500.00 
Readout option 02: $125.00 
2nd output option 04 $240.00 
Keyboard (mono) S500.00 
Keyboard (polyphonic) $600.00 
Write for spec sheet and name of nearest dis- 
tributor. 

Eventide 
next step 

EVENTIDE CLOCKWORKS, INC. 265 WEST 54TH STREET NEW YORK, N.Y. 10019 212 -581 -9290 
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Professional Musicians 
Need Professional Equipment 

Trouper Series live music mixers are built for you the profes- 
sional musician; who wants professional performance. Take just 
what you need! You can expand your basic system at any time, 
as well as add our optional accessories. Bolt them on, plug them 
in, and you've got one of the most flexible, portable custom mix- 
ing systems available at less than half the price. Our mixers and 
accessory packs fit neatly into extra durable, ready -to- travel 
flight cases. If you want the world to hear you at your best, check 
out the Trouper Series and write for our free catalog. 

UNI-SYNE 
DESIGNERS & MANUFACTURERS OF PROFESSIONAL AUDIO SYSTEMS 6 EQUIPMENT 
5559 CAHUENGA BLVD. NORTH HOLLYWOOD. CALIFORNIA 91601 213 985 -9501 
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STL Offers The Most 

Complete selection 
Of Test Tapes Available Anywhere 

If you are looking for precision test tapes, 

look no further. STL can serve all your needs with 

150 mil cassette tapes, tapes in 1/4 ", 1/2 ", 1" 

and 2" sizes, flutter tapes and magnetic test 

films in Super -8 mm, 16 mm or 35 mm. STL 

gives you the most accurate reference possible 
in the widest range of formats. Order from us 

and find out where your system really is. 

Write for a free brochure and the dealer in your area. 

Dis ributed exclusively by Taber Manufacturing & Engineering Co. 

I TAPE LABORATORY, Inc. 
208 Edson Avenue 
San Leandro, CA 94577 
(415) 635 -3805 
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at other times, but creating a constant 
impedance network is not basically 
one of them. In making the suggestion, 
it is apparent that the intent is to 
achieve the same Butterworth shaping, 
in the signal fed to each amplifier, as 
that achieved in the prototype Butter- 
worth filters. 

What I have shown before is that 
when you do this, the phase response 
will at least duplicate the prototype 
filter responses. It may be worse, by 
being further from minimum -phase. 
But it cannot improve it. True, in 
terms of steady -state frequency re- 
sponse, phase compensations can be 
performed. But when these are ap- 
plied to transients, the increasing dif- 
ference between group and phase 
velocity, or in electronic circuitry, tim- 
ing, shows up. 

Putting the filters before the power 
amplifiers that feed the individual 
speakers will avoid any mismatch be- 
tween speaker unit and amplifier that 
is caused by the crossover filters, when 
used, because the filters are eliminated 
in this method. But this assumes that 
the crossover mismatch is the major 
problem. Actually, the average loud- 
speaker unit shows more deviation in 
its impedance than crossover mismatch 
would add to it. 

Perhaps this is an instance of some- 
thing I have encountered many times, 
over the years. Often people ask me, 
"Which is best ?" expecting an answer 
that suggests that one particular de- 
sign, or approach will be named. When 
I ask "For what purpose ?" or "In what 
context ?" some seem to think I'm 
being evasive. In their view, there 
must be a best. So why cannot I tell 
them which it is? 

CONTEXT 
Possibly nowhere, to the extent 

found in audio, does context, or en- 
vironment, affect the relative import- 
ance of the various parameters to the 
same degree. Why do some people 
find such difficulty in believing this? 
Some even add, "You can tell me, I 

won't quote you," as if the reason I 

will not tell is because I do not wish 
to offend advertisers who happen to 
sell products other than this mythical 
best. 

Those who have followed my writ- 
ings over the years know that I have 
done more than my share of keeping 
advertisers honest by examining false 
claims in my writings, published for 
all to read. If I have some information 
to convey, I will convey it, publicly. 
But where a question needs some quali- 
fication, such as in which context a 
system is to be used, I cannot pretend 
otherwise, that there is some best so- 
lution for everyone's problems. 

www.americanradiohistory.com

www.americanradiohistory.com


Sound RlLernciLive: 2200 
In the pursuit of good sound, a new alternative has arrived -the 
SAE 2200. Our design goal; to offer the sound quality and reli- 
ability of our 2500 in a more modest power and price package. 

The realization of this goal is an amplifier whose specifications 
become the standard by which others are judged: 

-100 Watts RMS /Channel (both channels driven) 
from 20Hz to 20kHz into 8 Ohms. 

-0.05% Total Harmonic Distortion from 250mW 
to rated power, from 20Hz to 20kHz. 
IM Distortion at 8 Ohms 0.05% Max. 
Input Sensitivity 1 5 Volts, RMS 
Frequency Response at rated power +0 25dB, 20Hz to 20kHz 
Noise Greater than -95dB below rated power 
Transient Response of any Square Wave . . . .2.5usec, rise and fall time 
Slew Rate 40 Volts /usec. 

(Specifications comply with FTC requirements for power amps.) 

With these credentials the possible uses of the 2200 become 

almost limitless. There's tri- amping, or driving efficient speakers, 

or studio monitor systems, or small listening rooms, or large 

listening rooms with small budgets or ... 

Besides performance, the 2200 offers SAE quality contruction, 
and features. For example: 

LED POWER DISPLAY -Utilizing 15 Light Emitting Diodes 
for each channel, the 2200's power output is instantly dis- 
played in watts from 20mW to full power. 
FULLY COMPLIMENTARY CIRCUITRY -This assures low 
distortion, plus offering high slew rate, wide bandwidth, and 

accurate reproduction of any waveform. 
STEADY -STATE USE -Everything from the monocoque con- 
struction to the plug -in board design and massive heat -sinks 

are SAE designed for continuous performance under the most 
demanding conditions. 
SIZE PLUS- Measuring only 8 in. deep and 5.25 in. tall this 
19 in. rack mount beauty is truly an efficient power package 

for any place or application. PLUS the 2200 offers relay 
speaker protection and a FREE 5 YEAR Service Contract. 
PRICE: $450.00 (suggested list) 

SCIENTIFIC AUDIO ELECTRONICS, Inc. 
P.O. Box 60271 Terminal Annex, 
Los Angeles, California 90060 
Please send more information on the 2200 power amplifier 
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Scientific Audio Electronics, Inc. 

P.O. Box 60271 Terminal Annex, L.A., CA. 90060 
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O 0 the 
More books on recording ... Some 

years ago, when I first had the bright 
idea to write a book about recording 
studio technology, I was spurred on 
by the lack of literature on the subject. 
For although there were many texts 
around dealing with audio in general, 
there seemed to be few, if any, that 
dealt specifically with the recording 
studio. 

My idea must have been a great 
one, for it seems to have occurred to 
just about everyone else, at just about 
the same time. Within the last few 
months, each morning's mail brings 
with it yet another book with the word 
"recording" in the title. Well, maybe 
not every morning, but it can get to 
seem that way to a new author who 
views with alarm these encroachments 
on what he had fantasized as virgin 
territory not so long ago. 

It would be tempting to proclaim 
that all these books are just not worth 
reading, but the editor seems to have 
some sort of childish aversion to law- 
suits. So, I'll make an attempt at being 
reasonably objective. That should 
please him, although it doesn't do 
much for my nerves. 

The 
R.A.Neilson 

Company. 
MARKETING SERVICES FOR 
THE PROFESSIONAL AUDIO 

AND VIDEO INDUSTRY. 
Consultation Advertising 

Sales Promotion Research 
Industrial Design Technical 
Writing Personnel Search. 

A technically oriented 
Full- Service Agency. 

5001 Laurel Grove Ave. 

No. Hollywood. Ca. 91607 

(213) 760 -2010 

uac. 
SOUND RECORDING, by John 
Eargle. Van Nostrand Reinhold, 327 
pages. $16.95. 

Some years ago, author John Eargle 
and I briefly discussed the concept of 
working together on two separate, yet 
related, volumes. Although other com- 
mitments -and the fact that we live 
a continent apart- argued against the 
idea, I find his new book a perfect 
companion to mine, for which I am 
delighted, for Eargle's would be a 
tough act to follow if we were both 
using the same material. (I suppose 
that comments on my book while re- 
viewing someone else's will raise a few 
literary eyebrows here and there.) 

Sound Recording is divided into ten 
chapters of some twenty to forty pages 
each. Chapter titles are : 1. Physical 
Aspects of Sound 2. Psychoacoustics 
3. Stereophonic Sound 4. Quadri- 
phonic Sound 5. Microphones 6. 
Monitor Loudspeakers and the Moni- 
toring Environment 7. Audio Control 
Systems 8. Magnetic Recording 9. Sig- 
nal Processing Devices 10. Disc Re- 
cording and Reproduction. 

Eargle's early chapters take us 
through a detailed analysis of sound 
and psychoacoustics. A fair amount 
of mathematics is involved, yet the 
presentation does not get bogged 
down in the usual "technicaleze." 
Therefore, the reader with little or no 
math background should be able to 
grasp the general concepts without too 
much trouble. 

The basic principles of both stereo- 
phonic and quadriphonie sound are 
then covered at some length. In the 
latter chapter, Eargle presents the 
mathematical models for the SQ and 
QS matrix systems. Discussion of the 
CD -4 system is reserved for the book's 
final chapter, on disc recording. 

Chapters 5 through 9 cover the 
basic recording studio hardware, from 
microphones to signal processing de- 
vices. Although these chapters come 
closest to my own opus, I am amazed 
(and certainly relieved) to discover 
remarkably little overlapping. For ex- 
ample, Eargle's analysis of the various 
microphone types is the more sci- 
entific, with a particularly detailed 
study of capacitor principles. Later on, 
in the chapter on Audio Control Sys- 
tems, he covers the gain /loss structure 
of the signal path, and concludes with 
a review of the Allison and Quad -8 
automation systems. A brief discus- 
sion of address codes and electronic 
editing follows, in the Magnetic Re- 
cording chapter. 

The final chapter on Discs should 
be required reading for every engineer 
who thinks that the creative job is over 
when the master tape has been sent 
off for transfer to disc. Eargle begins 
with basic groove geometry, and takes 
us step -by -step through the complete 
disc cutting hardware and software 
systems, concluding with a brief des- 
cription of record processing. 

SOUND RECORDING PRACTICE, 
John Borwick, editor. Oxford Univer- 
sity Press, 440 pages, $35.50. 

Borwick's book is actually a series 
of twenty -five essays by leading spe- 
cialists in various areas of audio engi- 
neering. The book is divided into eight 
sections: Technical Introduction, The 
Studio, The Equipment, Techniques, 
Manufacturing Processes, Allied Me- 
dia. Appendices, and Glossary. 

The amount of detail varies with 
each author and the space allotted to 
his topic. For example, Richard Swet- 
tenham's twenty -one page chapter on 
"Mixing Consoles" describes the typi- 
cal multi -track console in great detail, 
with at least a paragraph or two de- 
voted to each function. This is fol- 
lowed by Michael Beville on "Extra 
Facilities." In twenty five pages, Be- 
ville takes us through compressors, 
limiters, expanders, equalizers, noise 
reduction, echo and reverberation, de- 
lay lines, and phasing. The treatment 
is necessarily brief, yet gives the reader 
an excellent overview of the entire 
signal processing arsenal. 

In a later chapter, John Culshaw 
describes "The Role of the Producer" 
in six pages, limiting himself to clas- 
sical production. Peter Tattersall gets 
about twice as many pages for his es- 
say on "Popular Music," where he 
describes a typical set -up for a small 
rhythm section. 

Borwick himself contributes the in- 
troductory section, and a brief, yet 
informative, chapter on "The Micro- 
phone Circuits." 

This is a book to be read from 
cover to cover, although not neces- 
sarily in the order in which it is pre- 
sented. Since each chapter is from a 
different hand (actually, some authors 
have contributed several chapters), 
you may want to skip around. By all 
means do so, for Borwick has seen to 
it that each chapter is complete within 
itself. He has also managed to assemble 
a group of contributors who can dis- 
cuss their specialties in a literate man- 
ner, so you needn't know as much 
as they do before beginning. Although 
not a technical text book by any 
means, Sound Recording Practice is 
an excellent survey of the recording 
industry. 
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This is the BRH90, a ninety de- 
gree radial horn for two inch and 
one and three -eighth inch com- 
pression drivers. Its an easy 
name to remember -Big 
Radial Horn, 90 degrees- very 
simple. But there's nothing simple about 
our design or construction. 

correct radial horn, wheth- 
er it is metal or fiberglass, and 

only Community does it the 
way it should be done. And not 
only do we do it right, we do it 

cheaper. 

Community horns are made of fiber- 
glass. Not sprayed -up cheaply -made 
fiberglass, but fiberglass hand -lami- 
nated by experts and constructed to our 
exact requirements for maximum acous- 
tical accuracy, resonance -free rigidity 
and unparalleled strength. Our horns are 
absolutely weatherproof. They will never 
corrode or rust out. Nor are they ever 
likely to break. Not now and not forty 
years from now. 

But the real mark of Community radial 
isn't apparent unless you cut it in half as 
we have done here. If you look closely at 
the cutaway, you will see that the cor- 
ridor in the horn just past the throat gets 
extremely narrow before it flares out. That 
pinch in the horn is absolutely necessary 
to any mathmatically and acoustically 

We also make two 90 radials for use with 
one inch and screw -on drivers -the 
RH90 and the SRH90. Both have the same 

flare rate, but the SRH90 (Small 
Radial Horn) has a smaller mouth, 

and is usually used as the high end 
in three way systems. 

Talk to your Community distributor. Even 
though he also sells our competitor's 
products, he'll probably tell you that there 
is nothing available today that equals a 

Community horn. 

He's right. 

BRH90 RH90 SRH90 

Flare Rate 
Operating Range 

240Hz 
500Hz up 

345Hz 
600Hz up 

345Hz 
1.000Hz up 

Size' H. 11 'aC 12'. 6' ' 

W 3354i- 30,e" 
D. 21- 20th' 18-1/4' 

Weigh' 25 LB. 20 LB. 12 LB. 

Finish Black. High Gloss 

Horizontal Dispersion KHz -3dB -5dB KHz -3dB -6dB KHz -3dB -6dB 

6 85 95 6 80 90 1 2 95 100 
2 90 90 2 90 100 3 90 95 

10 80 90 10 85 90 10 85 100 

Vertical Dispersion KHz -3dB -6dB KHz -3dB -6dB KHz -3dB -6dB 

6 50 90 .6 55 100 1.2 50 70 
2 35 SO 2 35 50 3 40 65 

10 20 35 10 20 35 10 20 30 

COMMUNITY LIGHT & SOUND, INC. 5701 GRAYS AVE., PHILA., PA. 19143 (215) 727 -0900 8 
( ircle 33 net Reader Service Card 

www.americanradiohistory.com

www.americanradiohistory.com


Communications 
Headsets... 
...for whatever 

the job 
Telex 1320 series headsets offers 
you six models for all general 
communications requirements. 
indoor or out. Single or dual dy- 

namic drivers are impervious to 

environmental humidity or tem- 
perature changes. With optional 
boom mikes, noise canceling dy- 

namic or carbon. Designed for 
comfort. Dependably made for 
heavy duty use. Complemented 
by the compact Telex IC -10, am- 
plified common talk intercom sys- 

tem for dynamic mike headsets. 
For "whatever the job." 
please write for free 
information: 

TELEX, 
COMMUNICATIONS INC 
9600 ALDRICH AVENUE SOUTH 

MINNEAPOLIS. MINN 55420 U S A 
Europe: 22 rue de la Legion -d Honneur, 

93200 SI Denis. France 
Canada: Telak Electronics. Ltd. Scarborough Onlani. 
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o o sound with images 

For the past month, I have been 
traveling for a client, helping to get 
various regional sales meetings in shape 
audio -visually. It proved a fascinating 
experience, and some of the situations 
I found might be of interest to you. 

The first city we went to was a large 
one in the not -too -far south. The site 
was a fairly large conference room in 
a hotel. The expected audience of 
about 125 was seated at tables, class- 
room style, with a raised platform for 
a stage at the end, opposite the rear 
doors. The room was over 50 feet long 
and about 40 feet wide. 

Since the desire of the client was to 
have two lecterns, it was not possible 
to put the screen on the stage. When 
we arrived at the scene, we found that 
the company hired to install the equip- 
ment had beaten us to it and put the 
equipment up early. The screen was 
properly placed at a slight angle at the 
side of the raised platform, but both 
lecterns were widely spaced and fac- 
ing into the room, toward the center. 
This meant that one of the speakers, 
the one nearer to the screen, actually 
had the slides behind his back. It might 
be okay to have this setup if someone 
else is actually advancing the slides 
while the speaker is talking from notes, 
a script, or ad lib, but not from the 
slides on the screen. 

We had two alternatives. Either we 
set up the logistics of the speakers so 
that those who did not have to look at 
the screen worked from the position 
closer to it, or we moved something 
so that the people could speak from 
any spot they chose. The client de- 
cided to choose a third possibility, 
which I suggested, to make things a bit 
easier for all- eliminating the lectern 
near the screen so that all speakers had 
a clear view of the screen. This way, 
whether the slides were changed by 
someone else or the speaker, there 
was only one clicker needed at the front 
and another at the spot where the 
phantom slide changer was stationed. 

CHANGING CABLES 
The changing of cables at the rear 

of the slide projector, incidentally, 
brings up another point. Since there 
was a change in cable necessitated by 
the fact that either the speaker or 
someone else was going to advance the 

slides, the alignment of the projector 
could be upset by pulling the control 
cable out and inserting another. Then 
the projector would have to be moved 
a bit to compensate. This setup, how- 
ever, was slightly more complicated 
since there was also need for a dis- 
solve with two projectors, and a hook- 
up with a cassette player, which would 
also have to advance slides during one 
portion of the meeting in which the 
audio track was on tape. One way to 
do the setup was to have four slide 
units -one for the front activation, 
one for the phantom, and two for the 
dissolve slides, with a change in cable 
when the cassette's turn came up. The 
cost of renting the units was not large, 
in comparison with the cost of having 
all the regional managers fly in from 
various places and stay at the posh 
hotel. (Of course, five slide projec- 
tors would have eliminated all cable 
changes.) 

One problem with having so many 
slide projectors was setting them up 
to provide a single image without key- 
stone, and without taking up a lot 
of room with wide -legged projection 
stands. By using a small triangular 
stand which was placed over one of 
the projectors, a second unit could be 
placed over the lower one. This took 
less room than a side -by -side arrange- 
ment, but the upper unit was a bit un- 
steady and vibrated slightly at every 
slide change. Also, when a drum on 
the lower projector had to be changed, 
it was not easy because there was 
barely enough space under the three - 
legged stand to get a firm grip on the 
tray under it. Drum changes had to 
proceed carefully on the lower pro- 
jector to avoid moving or upsetting 
the upper one. 

We finally ended up with a three - 
projector setup. Two of the units were 
set for dissolve, using the triangular 
stand and one expanding leg table, 
with the third projector on a second 
projection stand. Since the program 
called also for the use of a 16mm film 
projector, a third stand was set up. 

A small low table was also placed 
conveniently for the dissolver and the 
cassette player. (Incidentally, a large 
table was also located nearby for 
spreading out the multitude of soft- 
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You're sickofstereo recorders 
built for the home hobby market. 

ATR-700 is for the professional. 

At last there's a truly pro- 
fessional audio recorder/ 
reproducer for radio and TV 
broadcasters. ATR -700. A port- 
able dual (or single -channel, 
if you wish) tape machine rugged 
enough for around -the -clock 
use in producing commercials, 
transcribing programs, remote 
and location recording and post - 
production work. 

Only a recording professional 
needs (and can appreciate) a 
stereo recorder with built -in 
tape timer, motion sensing, 
synchronous reproduction, 
dump edit, switchable equaliza- 
tion, full remote control, direct - 
drive, servoed capstan motor, 
reel size selection and a 10'h 
inch reel capability. 

You'll probably buy your 
ATR -700 because it packs all 
these professional features (and 
many more) into a compact, 
portable package that's only 
215 /8" high by 173/8" wide by 
93/4" deep. You can use it in the 
studio one day, out on remote 
the next, and at home in the 

Circle 23 on Reader Service Card 

evening for catch -up editing 
work. 

But after your ATR -700 is 
on the job, producing recordings 
with a record /reproduce audio 
range of 40 Hz to 18 kHz, ±2 
dB (at 15 ips), you'll enjoy one 
other advantage. This recorder 
is really rugged. It'll give years 
of reliable service. 

ATR -700 is the professional 
stereo recorder from Ampex, 
built for professional engineers 
who can't take chances. 

AMPEX 
Complete technical and performance 
specifications are available in a free 
brochure. Write us at 401 Broadway, 
Redwood City, California 94063, 
or call (415) 367 -2011. s 
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Cameraman's 
Headset... 

Keeps the crew 
in touch 

A professional TV Camera- 
man's Headset series specifi- 
cally designed to interface with 
existing Western Electric cir- 

cuits. Single side unit receives 
in:ercom only. Dual side, bin - 
aLral unit receives intercom 
and monitors program. Carbon 
boom mike with optional 
pLsh -to -talk switch. Designed 
for comfort and rugged de- 
pendability in every day use. 

Keeps the crew in touch -in 
or out of the studio. For com- 
plete information 
please write: 

PPODUCTS OF SOUND RE SE AIL 

TELEX 
COMMUNICAT,ONS r. 

9600 ALDRICH AVENUE SOUTH 
MINNEAPOLIS. MINN 55420 U S A 

Europo: 22 rue de la Leg.on -d Honneur. 

Canada: TTel3aakk Electron. Ltd Scarborough Ontano 
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sound with images (cont.) 

ware like about twelve slide drums, a 

script for each of the speakers whose 
slides had to be operated from a rear 
position, and some dirty coffee cups 
and ash trays which a few of the peo- 
ple left conveniently in the way.) In 
order to avoid a few of the cable 
changes, I had brought along, in my 
"emergency bag of tricks," a "Y" cable 
which I had made up previously, and 
hooked it up so that two remote con- 
trols could operate the same unit from 
different locations. (I had also brought 
the cable which allowed one person to 
activate two side -by -side projectors si- 
multaneously, but did not have any 
use for it this time.) 

THE DISSOLVER 
The dissolver also proved interest- 

ing. When the script had been marked 
up for use with the overlapping slides, 
the unit used during rehearsal was a 
Kodak model. The way this one works 
is to advance the tray on the dark 
carousel, then turn on one lamp while 
the other lamp goes slowly to black. 
The drum on the dark projector does 
not advance until the next signal. This 
means that the cues in the script have 
to anticipate the actual moment when 
the slides overlap and the upcoming 

In% STOP 
r4.7 CABLE 

THIEVES 

JP '1 IDENTIFY `r YOURCABLES 

PRO SOUND I.D. collars protect your 
sound cables against theft, allow you to 
color code cable lengths and quickly iden- 
tify your property. Hot stamped with two 
lines of copy also advertises your business 
or group. Available for 3/8" and 1/4" 
cable in five colors: blue, red, yellow, white 
and black. Write for data or call: 

Pb k5UFF 
13717 South Normandie Avenue 

Gardena, CA 90249 (213) 538-9830 
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one is up to full brightness. At the 
meeting site, a different model was pro- 
vided, which allowed for quicker action 
of the lamp because the drum on the 
dark unit advanced immediately after 
the lamp was out. This unit also per- 
mitted different rates of dissolve on 
fade -in and fade -out lamps. 

Although the slides themselves could 
not be switched any faster than the 
11/2 seconds it normally took the pro- 
jectors to advance the drums, the cues 
on the script could be altered to fit 

the different unit, moved up closer to 
the actual points at which the slides 
would change on the screen. The in- 
creased rate of lapping that was pos- 
sible with this model made for a more 
interesting effect on the screen. The 
show ran well, the client was pleased, 
and members of the audience re- 
marked later to various upper echelons 
of the mother company that the pres- 
entation had a professional look. And 
the audio -visual company which had 
rented the equipment to the client was 
pleased with the speed with which the 
bill was approved. 

CABLE JUMPROPE 
There was one thing that the a/v 

supplier did do that was a bit unnerv- 
ing to the operator. The sound for the 
program, in addition to' that issuing 
from the live microphone at the lec- 
tern, came from the 16mm film pro- 
jector, the cassette player, and also a 
reel -to -reel tape unit. The operator was 
told to leave the cable plugged into 
the unit that was to be used next, then 
move it to the next one, and so on 
back and forth as required. This wasn't 
really a major tragedy, but it did give 
the operator one more thing to worry 
about, and also caused static in the 
sound system every time the plug was 
inserted. 

The supplier was requested to bring 
in a mixer, or a matching box, so that 
all units could be left plugged in all 
the time. The latter alternative was 
used. No problem. (It might be of 
interest to those who had written to 
me when I did the column on putting 
in a pad from the speaker output of 
the 16mm projector to a line or mic 
input of a mixer, that the supplier did 
use a Shure A -15LA pad in the line. 
This network, complete like a line - 
matching transformer on a mic line, 
provided a 150 ohm output from the 
projector to the mixer on the room's 
speaker system.) 

In one of the subsequent cities, the 
hotel had hired a local a/v company 
to furnish the rental equipment. The 
same line -up was requested. It was a 
good thing I called the day prior to 
arrival, to check. There was no 16mm 
projector on the list, and since the 
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Some of our customers'orders 
drive us completely round the bend. 

There are very few limits to what 
we can do with our Series 2 mixer. 

Usually we can modify it to suit 
almost any studio, and any customer's 
requirement. 

We can make it bigger, build in patch 
boys, LED VU /PPM metering, sweepable 
equalisation, remote switching, or 
anything else you ask for. 

And even without modifications, the 
Series 2 is a highly versatile mixer with 
impeccable specifications. (Each model 
is made individually and by hand to 
make sure that the specifications stay 
that way.) 

The Series 2 comes in six 
standard versions: 12/4; 12/8; 16/4; 
16/8; 24/4; 24/8. 

In every model, each group output 
has dual track switching so, for example, 
an 8- output console can be hooked up 
to a 16 track recorder without any 
repatching. And there are direct line 
outputs from each input channel, either 
pre- or post -fade, so that you can use a 
recorder with as many tracks as the 
mixer has inputs. 

Used together, these two features 
let you make multitrack recordings with 
simultaneous stereo reduction. 

And what's more, all this versatility 
won't cost you the earth. 

The straight Series 2 mixer. 
It's portable, and can be supplied 
with an aluminium flight case. 

For more details, contact: 
Soundcraft Electronics Limited, 
5 -8 Great Sutton St, London EC1V OBX. 

England Telephone: 01- 2513631. 
Telegrams: Soundcraft LDN EC1. 

¡RDFJRODFif1FT 
ELECTRONICS LIMITED 

s' 
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Sportscaster 
Headset... 

Color, Action, 
Hands-free 

Mobility 
Combine the finest omnidirec- 
tional dynamic boom mike with 
an equally high performance bin- 
aural headphone and you have 
the superior Sportscaster head - 
set...the Telex CS -90. For live 
broadcasts, from the station or on 
remotes, with cue and program 
monitoring and hands -free con- 
venience. The audience hears 
every word, clearly, crisply, with 
crowd noise for background color 
and atmosphere. Circumaural ear 
cushions screen out noise in the 
immediate area so that special 
acoustic facilities are unnecessary. 

Supplied with convenient in -line, 

mike -muting "push -to- cough" 
switch. The Sportscaster headset. 
Color, action and hands -free mo- 
bility. For complete 
information please 
write: 

ss ° orsffsc..Táo 
m,iíïg Winn 

mr " ,4 
-711"'" r roriqt 4trá. 

:1111111101/ 
4¢ec 

ïF' 

PRODUCTS OF SOUND RESEARCH 

e 
COMMUN!CAT ORS Nr 
9A00 ALDRICH AVENUE SOUTH 

MINNEAPOLIS. MINN 5SÁ20 U SA 
Swope: 22 rue Se la Langan tl Honneur 

93200 St Denis. France 
Canaan.: Telak Electron,cs. UC Scar.eaugp. Ontario 
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sound with images (cont.) 

supplier's office was on the other side 
of this big midwest town, it would 
have been quite some time before he 
could get one over had we found out 
about the omission on the day we 
arrived. 

FLUORESCENTS AND DIMMERS 
At the hotel itself, the room this 

time was much larger than the other, 
combining two adjacent rooms. This 
meant divided light control for the 
dimmers, but not for the fluorescents; 
a micro -switch in the slide -track of the 
dividing doors tied together the fluo- 
rescents to either room's control panel, 
but not the dimmers. Each room had 
eight sets of incandescents, each with 
its own dimmer. A great setup if the 
operator could get two people to syn- 
chronize their movements. Anyway, 
the dimmers were preset with a mini- 
mum of light in the front, no light in 
the screen area, and enough illumina- 
tion for the audience, in school -type 
seating, to take notes throughout. The 
fluorescents were left on only for the 
opening remarks and during the audi- 
ence's entry and exit. That made it 
easy all around. (Incidentally, the 
lighting in the previous location did 
not allow for such fine adjustment, 

WORAM AUDIO ASSOCIATES 
Consultants in Studio Systems 

Engineering. Design and Installation 

-offering- 

A COMPLETE CONSULATION 

SERVICE FOR STUDIO 

PLANNING AND 

CONSTRUCTION 

FREE -LANCE RECORDING 

SERVICE IN THE 

NEW YORK AREA 

516 764 -8900 

45 Lakeside Dr. 

Rockville Centre, N.Y. 11570 

and a poor compromise was finally 
used.) 

In this room, there was enough 
space to set up a riser platform in the 
rear of the room on which a long table 
could be placed for the projectors. 
This permitted the trio of slide units 
to stand side -by -side and allowed for 
quicker and smoother changes of slide 
trays. It also was a sturdier arrange- 
ment and had no jiggling of projectors 
or images. 

It was interesting that the a/v sup- 
plier and hotel housemen had evidently 
worked together many times before 
and knew how they "always" set up 
the lectern and tables and screen and 
so on. But they had never used a side 
screen setup. The screen was also put 
along the front wall (opposite the entry 
doors). The "usual" way had been to 
place the screen between two pillars 
along one wall so that the audience 
entered from the seating left. This 
meant that the projectors had to be 
placed along the opposite wall. The 
throw distance was longer, the image 
larger (which was okay), but the image 
was also less bright, since incandescent 
sources had to be used for the dimmer 
effect of the dissolver. 

The arrangement was changed to 
follow our suggestion, and the hotel 
was able to find a beaded screen in one 
of their other rooms. The image was 
larger and brighter, and they agreed 
afterward that the setup was better and 
they would recommend it to future cli- 
ents. It also worked better since the 
ceiling in this room was only eight 
feet high (the other location had 14 
feet ceilings), and the center chande- 
liers did not get in the way. (Both 
rooms discussed here had chande- 
liers which we were able to avoid in 
projection.) 

The dissolver used here was differ- 
ent from the one used at the other 
site, but also allowed for the quicker 
effect of having the light change be- 
fore the slides were advanced on the 
dark machine. Although the dissolve 
rates did not have the same variety of 
timings as were present in the other 
model, it did have a precise reverse in 
which the dark drum changed back- 
wards before the lights changed. This 
kept the sequence, correct in case a 
change had to be made in the slides 
during rehearsal. 

All in all, it was a most interesting 
set of hops from city to city, and a 
great deal was learned by everyone. It 
was also enlightening in the matter of 
problem solving on the road. If every- 
one can learn from experiences and 
add it to the knowledge he already 
has, future presentations can be made 
bigger and better and with more con- 
fidence. 
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EIGHT -CHANNEL MIXER 

Each of the eight channels of Model 
800S stereo mixer has separate low 
and high equalization as well as slide 
output level controls in the master sec- 
tion for left and right main and moni- 
tor functions. There is pre- and post - 
capability for monitor, reverb, and 
effects send controls, individual chan- 
nel attenuation, and stereo pan. The 
rear panel features eight low (600 
ohm) and eight high (50k ohm) in- 
puts, left and right main and monitor 
outputs. An auxiliary input panel per- 
mits access to all mixing busses for 
compatibility with other consoles, tape 
machines, or other preamp signals to 
be mixed into the system. Included 
are two vu meters and a phone jack. 
Mfr: Peavey Electronics Corp. 
Price: $699.50. 
Circle 50 on Reader Service Card 

SUBMINIATURE 
AUDIO TRANSFORMERS 

A variety of miniature audio trans- 
formers are available for professional 
applications. All units feature semi - 
toroidal construction, low distortion, 
and wide frequency range. Non -stan- 
dard transformers can he made to cus- 
tomer specifications. 
Mfr: Beyer Dynamic (Revox) 
Circle 53 on Reader Service Card 

STEREO REVERB SYSTEM 

Dry /reverb output mixing, balanced 
line inputs, and line level drive into 
600 ohms for studio, disco, and broad- 
cast applications are offered in Model 
242A stereo reverberation system. 
Other features include peak reading 
leds, input mixing for stereo return 
from a mono send, dual input level 
controls, and mie preamps. The unit 
can be used directly with a tape deck 
without the need for a mixing console 
or external mie preamps. The unit, 
which can be rack -mounted or used on 
a table top, is self -powered. 
Mfr. Sound Workshop 
Price: $450.00. 
Circle 54 on Reader Service Card 

LIGHTING EFFECTS PROJECTOR 

Meteor 251 projector projects up 
to five effects simultaneously by means 
of a special accessory compartment 
located between the internal optics and 
the projection lens. All effects, oper- 
ating from four low voltage sockets, 
are completely interchangeable. Other 
features include choice of 50, 300, 
or 2,000 hour bulbs, interchangeable 
lenses, squirrel cage cooling fan and 
high /low bulb switch. Additional at- 
tachments are available. The unit may 
he operated freestanding or mounted. 
Mfr: Meteor Light & Sound ( Revox) 
Circle 52 on Reader Service Card 

PORTABLE CONSOLE 
Front panel access in both horizon- 

tal and vertical positions and a rear 
shelf for power supplies arc featured 
on RL500. The console accepts any 
19 x 153/4 in. tape transport. The base 
section is 32 in. high, 25 in. wide and 
29 in. deep; the instrumentation riser 
on top is 19 in. wide and adjustable to 
any height. The unit is constructed of 
1/6 in. high pressure laminates. 
Mfr: Rus Lang Corp. 
Price: $350.00. 
Circle 51 on Reader Service Card 

FRAME 

I 

POW 

INTRODUCING 
A NEW AUDIO CONNECTOR 

MODEL, PM-3 

FEATURES: 

1. Gold contacts 
2.Ground lug 
3.Mounting holes 

designed for 1/8 
pop- rivets 

4. Special non- 
reflecting finish 

5. Ecominical 
6.Compatible w /XL's 

INTRODUCTORY PRICE OFFER' 

50 100 500 1M 10M 

51.00 .82 .78 .74 .67 

SOLD IN LOTS OF 50 ONLY 

TERMS 5 %Discount Gs6 *oh order, or COD only. FOB Deliraren 

SE9 
Conn 

18001 421 1828, 12131 220 3510 

TWO 910 346 )023 
P O. Bo, 590 GARDENA ÇA 90247 

OFFER GOOD IN USA ONLY and EXPIRES JANUARY 31, 1977 

Circle 38 on Reader Service Card 
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Maximize your modulation 

- fippQ: 
- 

Multiband Audio Processor Model 230. $1500. 

At Inovonics, we've designed a Multiband Audio Processor for AM 
and FM broadcast use which is capable of increasing average carrier 
modulation to a figure approaching theoretical maximum. Yet it contains 
program peaks within absolute prescribed limits without clipping. 

Eight independent bands of average compression have attack 
and release timing optimized for each; individual Threshold and 
Compression Ratio adjustments permit response shaping to comple- 
ment specific programming formats if desired. 

Other features include gated expansion to prevent 'pumping", 
program -controlled phase inversion and adjustable limiting symmetry for 
AM, and separate frequency -selective limiter with both 75- and 
25- microsecond curves for FM. 

1 INOVONICS 
1630 Dell Avenue, Campbell. 

CA 95008 (4081 374 -8300 

Circle 45 on Reader Service Card 

NEW AUDIO SPECTRUM MONITOR! 
1/3 OCTAVE REAL TIME ANALYSIS MODEL 142 

PEAK READING TWO MEMORIES: CUMULATIVE OR SAMPLE 
VARIABLE TIME CONSTANTS (0.1 - 2 SEC.) CALIBRATED IN 

FEATURES DBM 10 -20 -30 DB DISPLAY RANGE 40 HZ to 16 KHZ ON 1/3 

OCTAVE ISO CENTERS 11 x 28 LED ARRAY BUILT -IN PINK 
NOISE SOURCE 31/2" x 8" DEEP RACK MOUNT. 

PROGRAM MATERIAL MONITORING RECORDING AND MIX - 
DOWN ANALYSIS PORTABLE SYSTEM ADJUSTMENT TAPE 

USES EQUALIZATION AND CALIBRATION TRANSMISSION LINE 
EQUALIZATION BEFORE -AFTER COMPARISONS FREQUENCY 
RESPONSE TESTING 

Suggested 
List Price $3200 

ALSO: Active and passive equalizers Other real time anatyze 
Dealer inquiries invited 

S 

Call or write today: WHITE INSTRUMENTS, INC. 
P.O. BOX 698 512/892 -0752 Austin, Texas 78767 

Circle 18 or, Reader Service Card 

products & services (cont.) 

7 -PIN CONNECTOR 

C ,' 
4 

ó 

:® 

Seven -pin Q -G (Quick Ground) 
connector series has a 7- circuit capa- 
bility for multi- circuit interconnecting. 
The series includes 13 straight and 
right angle cord plugs and receptacles, 
as well as inserts for chassis and spe- 
cial purpose mounting. The connec- 
tors mate with all similar connectors; 
male and female inserts can be cus- 
tom- mounted in panels to mate with 
plugs and receptacles with similar pin/ 
contact arrangements. Features in- 
clude a separate ground terminal elec- 
trically integrated with the housing, 
insert screw providing electrical con- 
tinuity between the ground terminal 
and the ground contactor, one -piece 
high impact thermosetting plastic in- 
sert, positive polarization, and inter- 
nal strain relief. 
Mfr: Switchcraft, Inc. 
Price: $4.85- $12.60. 
Circle 61 on Reader Service Card 

THREE -SLOT CARTRIDGE 
REPRODUCER 

w44 min 44 

ilk 
, 

Each of the four independent type 
10 reproducers housed in Model 4D 
three -slot tape cartridge reproducer 
has an individual motor and power 
supply for each slot; if one unit de- 
velops trouble, the others are still op- 
erational. In addition, the units have 
independent tape drive systems. The 
ability to align each individual motor 
eliminates the shaft -to -deck perpen- 
dicularity problem, minimizing cross- 
talk often associated with this condi- 
tion. 4D accommodates either four 
individual reproducers or two repro- 
ducers and one recorder /reproducer in 
the same desk or rack -mounted hous- 
ing. Independent fast forward for each 
slot is also available. 
Mir: UMC Electronics Co. (Beau cart 

Div.) 
Circle 60 on Reader Service Card 
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Sescom's "MicSpitter" 
MODEL MS -1 LOW IMPEDANCE "MIC- SPLITTER" 

AVAILABLE IN STOCK FROM 
THESE PARTICIPATING DEALERS 

1. Used for separate monitor 
and P.A. mixing. 

2. Keeps impedance constant. 
3. No loss of signal (<1 db) 

4. Low distortion -- < .2% @ 30 Hz 
-10 db in. 

5. Bridging effect on microphones. 
6. Ground lift switch on right hand male XLR connector 

to eliminate ground loops. 
7. Flat response ±1 db 20- 20KHZ. 

8. Rugged die cast housing. 
Pro Net: S38.15 

"Quality Engineered Sound Products" 
SESCOM, INC 
P.O. BOX 590, Gardena CA 90247 U.S.A. 

(800) 421 -1828 - (213) 770 -3510 

Circle 39 on Reader Service 

CA 
NO,/ G.n tots Lw 
1138 Scar Mm,u Bls,- 
Hollywood, G 90MC 
12131661 7172 

lnN a 9.a1ey 
Coast R,nrorgE,a.R Soars 
6114 Sane Malmo Blwl 
Hdlv.w.l. CA 900.38 
17131 462 E058 

Am Mdula 
Yale Rahn klalnc 
6616Sn8a 6111 
H,Ilyww.l, CA 913028 
12131465 3186 

Lew L,rv,r, 
RPS El,amm,a S.nwl Foy, 
1521 S Rn S 
Los A,.7ks, CA 90315 
17131 74 7 7542 

Ken HyaR 
Bahnt Coo amuha5 Inc 
875 N Palm Canyon DI 
Palm S....a, CA 92262 
1714) 325 3028 

Roam Banat' 
Lack El,a.,n,na 
1414 Mcke1 S 
S.. F,a..sa,, CA94102 
14151626 1444 

Card 

CT 1.1015 Ow, 
Fool LsdeBOAu6n 
62114vNav, RI 
6,h, CT 09137 
12031828 1174 

M B Faite, 
A,n,OTectosam, IK 
147 Hanyllr., Ave 
Stank., CT 08302 
1]0.31359 2312 

IL Jury Kdle,4.,,9 
Mac 0.,r Sann, 
3210N Baal, 
OscO, IL 03E41 
13121282 8173 

Dms L Salk 
Tho Spay, System 
434811'. 5151 
O1419a. IL 60E02 
13121 581 7436 

MI Henry JRow, 
Hy .Ana Coro atom 
712 Gtna,rc 
Ann Arbor MI 48191 
13131994 C034 

NC Leo ButA. 
Cor nouns Snayl Soto 
443/ 6ay1 Rl 
Ries,, NC 27®6 
19191821 2271 

CANADA 
Jn &nxl., 
koln, R T,Ra, Ltd 
1903A Ed,vPa, 4w. Est 
S:.I.xnuqs.On Cana 1.1 

14161 757 4171 

led] G.ly,.n,CJl,an 
1593 50h Si 
Too/Ion, Isu 06638 
19191605 4509 

NV R,ivrT llyv 
Ha sow Ral,,, G,. 
231. 4501 St 
New York, NV 10036 
12171575 5711 

Torok laav., 
Mann A,. ln 
370W 46111 St 

Now Val NV 10336 
17171541 5900 

Pao Ash 
Sm Ash Man' 
Storm Th,naput 
New Val 
17121347 1757 

Maie B,n 
GnM..A,.yn S",O Corry 
18W5t 61,151. 

Now York, NY 10023 
12121586 6161 

OH Ster, Kozel 
Wminal,nG,. 
5373 RrI4r Rol 

P,. na, OH 44129 
12161886 V.05 

ENGLAND 
T G 874k/km 
F,na, F,Im Dewlalmnts 
901Varnr.. SI 
London, Ers awl 151V 3LE 
01437 1582 

If there is no dealer in your area, use the 
factory -direct toll -free number. 

PARAMETRIC PRICE -PERFORMANCE 6 

$599 
SUGGESTED 

(ST PRICE 

true narrow -band (.05 oct.) through broad- 
band (3.3 oct.) equalization 
50:1 frequency range, each band 

15 dB eq. range. precise center "flat" 
position 
separate IN -OUT switch for 
ultra clean & quiet ( 87 dBV noise, .05% 
THD) 

internal power supply 

each band 

ASHLY AUDIO INC. 
1099 JAY ST. 
ROCHESTER. N.Y. 14611 
(716) 328 -9560 

At Ashy, we're definitely into Parametric 
Eq. We've used it extensively in our big SE 
series consoles for years. The SC -66 rep- 
resents the culmination of these years of 
design, listening, and field testing. You can 
now have infinite control of all equalization 
characteristics at your fingertips with 
accuracy and resolution previously con- 
sidered impossible. Check out an SC -66 
at your pro -audio dealer. 

Dealer inquiries invited 

Circle 37 on Reader Service Card 

N V 

www.americanradiohistory.com

www.americanradiohistory.com


CO 
N 

products & services (cont.) PRO LOUDSPEAKERS 

LED METER 

All solid state M-241A led panel 
vu meter has no bearings or pivots, 
eliminating causes of overshoot. The 
meter contains 7 point red leds, verti- 
cal or horizontal, covering a range 
of -15 to !-3 vu in 3 dB steps. Slow 
decay of the signal gives time for 
reading. The unit is made of shadow 
box bezel with hot stamped chrome 
scale on molded cycolac. The meter 
is inserted through a hole in the panel 
and clamped in the back. 
Mfr: Pulse Dynamics Mfg. Corp. 
Price: $30.00. (Quantity discounts 

available) 
Circle 57 on Reader Service Card 

The crossover network designed 
into the speakers in this series is 

claimed to produce a flat frequency 
response with no identifiable charac- 
teristic. Pro -100 may be driven with 
a power amplifier up to 100 watts 
per channel. Midrange and tweeter 
drivers are in two planes, horizontal 
and vertical. Individual driver level 
controls are reached through an ac- 
cess panel which shows the frequency 
response curves for various settings of 
the midrange and tweeter controls. 
Frequency response is 35 to 20,000 
Hz, -!- 4 dB. 
Mfr: H. H. Scott, Inc. 
Price: $399.95. 
Circle 58 on Reader Service Card 

MODULAR PRECISION 
OSCILLATOR 

.11c ,Z 71M 

._ 

J ta 

Accurate selection of 33 frequen- 
cies, covering the entire audio spec- 
trum from 20 Hz to 20 kHz is pro- 
vided by Model 3600 oscillator. Distor- 
tion claimed is typically 0.02 per cent, 
with stable output level over the full 
frequency range. The unit contains a 
built -in output transformer, selectable 
output, impedance of 600 or 150 
ohms, and adjustable output level 
from -80 to +18 dBm. May be 
rack -mounted or installed in a con- 
sole; a mating p.c. connector is sup- 
plied. 
Mfr: Modular Audio Products 
Price: $248.50. 
Circle 59 on Reader Service Card 

The Colorless Limiter. 
What's a seemingly sane company like Orban/Parasound 
doing introducing yet another limiter? Well ... for starters, 
because our new 418A Stereo Compressor/Limiter/HF 
Limiter is a direct descendant of our fabulously successful 
OPTIMOD -FM broadcast limiter -the one that's already 
been adopted by major groups and networks because 
of its unprecedentedly clean, natural, high- definition 
sound. 

Then there are the 418A's unique features: its colorless, 
accurate .sound is complemented by a remarkable 
operational simplicity because an internal analog compu- 
tation circuit makes continuous, automatic adjustments of 
release time depending gn program characteristics. This 
frees the operator from the task of manually determining 
(usually compromise) attack and release times, and 
makes the 418A fast and hassle -free to use. Although the 
418A's release time is always "automatic," the basic 
speed of operation is continuously variable so that 
density may be augmented as desired- without worry 
that pumping or "holes" will appear. 

In addition, the 418A incorporates a high frequency 
limiter with four user -selectable threshold time constants. 
As such, it's a natural for conditioning a signal to fit onto 
any consumer medium -like cassette- without high 
frequency overload distortion. Use it to mix through 
whenever time pressure is high -like demo sessions, or 
radio commercials. Use it in the broadcast production 
room to produce clean tape cartridges free from high 
frequency overload. 

The 418A is also the first FET limiter that tracks accur- 
ately in stereo ... without adjustments ... forever! 

The colorless limiter comes in any color (as long as 
it's blue) and is available from your Orban/Parasound 
distributor for $950. Write us for his name, and the 
complete 418A story. 

OfbaAipAfaJOYlId 
680 Beach Street 
San Francisco, CA 94109 

V 

(415) 673 -4544 

Circle 22 on Reader Service Card 
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STEREO EQUALIZER 

Each channel of Model 4100 equal- 
izer has ten bands on I.S.O. octave 
centers from 31.5 Hz to 16 kHz. 10 

dB of boost or cut is provided on con- 
tinuously variable controls; all nega- 
tive feedback produces equal Q in 
both boost and cut. Each channel has 
a variable low -cut control to provide 
12 dB /octave of roll -off adjustable 
from 20 Hz to 160 Hz. Input level at- 
tenuators and overload indicators are 
provided on the front panel for each 
channel. An EQ 1N -OUT switch and 
POWER switch control both channels 
simultaneously. The unit has an input 
impedance of greater than 40 kilohms 
and a recommended operating level 
of about zero dBm. Maximum output 
before clipping is + l8dBm. Output 
impedance is about 100 ohms; the out- 
put circuits can drive loads of 600 
ohms. The device incorporates low 
noise circuitry and magnetic shielding. 
Mfr: White Instruments, Inc. 
Price: $599.00. 
Circle 55 on Reader Service Card 

MODULAR MIXER CONSOLES 

Model 104- 16X4A -l6D is one of 
Series 104 and 108 modular mixer 
consoles, which include mainframes 
for eight, sixteen, twenty four, or 
thirty two inputs and four or eight 
stereo or mono mixes plus equalizers, 
panpot, four cue /echo sends, six step 
gain adjust with two input pad posi- 
tions, and monitor -only solo buttons. 
Options include output mixdow.ns, 
talk -slate, graphic equalizers, and dual 
three -way tuneable crossover. Inte- 
grated circuits plug in; all sections are 
modular and plug in. Optional output 
transformers are available. All input 
modules have mie and line inputs plus 
module output and preslider breakin 
jacks. 
Mfr: Interface Electronics 
Price: (104- 16X4A -16D) $3.900.00. 
Circle 56 on Reader Service Card 

It's in the cards 

and Integra 3 offers you a full deck 
Mike preamps 
Line preamps 
Line amplifiers 
Booster amplifiers 
Bridging amplifiers 
Stereo amplifiers 
Stereo preamps 
Four -channel 

booster amplifiers 
Distribution amplifiers 
Mixing amplifiers 
Power supplies 
Preamp /compressor 
Mike preamp /compressors 
Stereo mike preamp compressors 
Stereo preamp /compressors 
Preamp /limiter 

Mike preamp /limiters 
Stereo preamp /limiter 
Stereo mike preamp /limiters 
Stereo line preamps 
Stereo bridging preamps 
Stereo booster preamps 
Monitor power amplifiers 
Stereo equalized phono preamps 
Stereo equalized tape preamps 
Switchers 
Line -level transformers 
Stereo line -level transformers 
Tone oscillators 
Stereo mixing preamps 
Tape automation oscillators 
Tape automation notch filters 
Mono and stereo remote controls. 

We have more cards and they're less expensive. 

Whether you are in broadcasting, recording, sound reinforcement, 
communications, engineered sound or theater sound -we have 
the cards for you. 
Integra 3 is a complete system of audio processing components 
and accessories in modular form built around a large number of 
the highest quality, standardized PC boards which use the latest 
IC technology. The boards are compact in size (only 21/2 by 71/2 
in.), use epoxy -glass 2 -ounce clad material with precious- metal- 
plated contacts. The circuits are the latest IC op amps and other 
similar components which feature widest frequency range, lowest 
distortion, highest signal -to -noise ratios, best overall perform- 
ance, maximum economy and reliability. Servicing is simplified by 
the slide -in /slide -out modular design. 
For complete details, contact Robins Broadcast & Sound Equip- 
ment Corp.,* a Robins Industries Corp., Commack, N.Y. 11725. 
Telephone 516 -543 -5200. 'Formerly Fairchild Sound. 

(0) ó; 
Circle 31 na Reader Service Card 
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John Woram's 
The Recording 

Studio Handbook 
FOR RECORD\G E\G\EERSI 

TECHNCA\S ANS ADOPHLES 
The technique of creative sound recording has never been 
more complex than it is today. The proliferation of new 
devices and techniques require the recording engineer to 
operate on a level of creativity somewhere between a 

technical superman and a virtuoso knob -twirler. This is a 

difficult and challenging road. But John Woram's new book 
will chart the way. 

The Recording Studio Handbook is an indispensable guide. 
It is the audio industry's first complete handbook that deals 
with every important aspect of recording technology. 

Here are the eighteen chapters: 

The Decibel 
Sound 
Microphone Design 
Microphone Technique 
Loudspeakers 
Echo and Reverberation 
Equalizers 
Compressors, Limiters 
and Expanders 
Flanging and Phasing 
Tape and Tape Recorder 
Fundamentals 

Magnetic Recording Tape 
The Tape Recorder 
Tape Recorder 
Alignment 
Noise and Noise 
Reduction Principles 
Studio Noise Reduction 
Systems 
The Modern Recording 
Studio Console 
The Recording Session 
The Mixdown Session 

In addition, there is a 36 -page glossary, a bibliography and 
five other valuable appendices. 

John Woram is the former Eastern vice president of the 
Audio Engineering Society, and was a recording engineer at 

RCA and Chief Engineer at Vanguard Recording Society. He 

is now president of Woram Audio Associates. 

This hard cover text has been selected by several universities 
for their audio training programs. With 496 pages and 

hundreds of illustrations, photographs and drawings, it is an 

absolutely indispensable tool for anyone interested in the 
current state of the recording art. 

Use the coupon at the right to order your copy of The 
Recording Studio Handbook. The price is only $35.00, sent 
to you with a 15 -day money -back guarantee. 

SAGAMORE PUBLISHING COMPANY, INC. 
1120 Old Country Road, Plainview, N.Y. 11803 

Yes! Please send _ copies of The Recording Studio Handbook 
at $35.00 each. On 15-day approval. 

Name 

Address 

City /State /Zip 

Total Amount 

N.Y.S. Residents add appropriate sales tax 

Enclosed in payment for $ 
Outside U.S.A. add $2.00 for postage 

L J 
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products & services (cont.) 

OSCILLATOR -BUFFER 

Magnetic 100 kHz magnetic tape 
bias oscillator -buffer, designated model 
34, is a dual purpose module used for 
general purpose signal processing, ear- 
phone- speaker power amplification, as 
a distribution amplifier, combine am- 
plifier, microphone amplifier, or for 
magnetic tape erase- record sevice. The 
output is short- circuit proof. The de- 
vice handles up to 1 uFd output ca- 
pacitive loading, with 20V rms output 
at 1 k ohm load as 100 kc oscillator. 
Mir: Opamp Labs lnc. 
Price: $20.00. 
Circle 62 on Reader Service Card 

PANORAMIC MIXER 

* ® ® 
® 

From four to twenty input chan- 
nels with low and high frequency 
equalization -* 20 dB, led overload 
indicators, stereo pan, effects send 
level and preamp output per channel 
are available in the PM54E /PE54 
mixing system. Each channel has two 
line inputs with switchable sensitivity 
and one transformer balanced mic in- 
put with phantom power for con- 
denser mics. (A) output has balanced 
XLR mic /line and unbalanced phone - 
jack line outputs. Effects output has 
mic and line sends. Up to five sepa- 
rate effects mixes plus individual chan- 
nel patching in a twenty channel sys- 
tem are included. 
Mir: Malatchi Electronic Systems, Inc. 
Price: From $449.00. 
Circle 63 on Reader Service Card 

You're Trying 
to Put a 
lOib. Sound 
Into a 
51b. Bag. 
The Model LA -5 has been developed for the sound reinforcement 
professional, to be used for the protection of amplifiers and speakers 
from power overload. The LA -5 has smooth, natural RMS action. 
It monitors the audio signal level and limits the power output to 
a safe value preset by the user without destroying natural transient 
peaks. It also helps the mixer who must continually be concerned 
about poor microphone technique and large dynamic ranges 
during live performances. Inputs and outputs are balanced, or may 
be used single ended. High input impedance and low output 
impedance allow maximum patching flexibility. Half rack size, 
competitively priced (under $300.00). Available from your UREI 
dealer. 

[TM LA -5 AUDIO LEVELER 

UNIVERSAL AUDIO 

s 

10 o -e 

THRESHOLD OUTPUT LEVEL 

OUTPUT AI GR POWER ON 

11922 Valerio Street No. Hollywood, California 91605 (213) 764 -1500 

Exclusive export agent: Gotham Export Corporation, New York 

Circle 21 on Reader Service Card 
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LARRY ZIDE 

The Making of the 
Ampex ATR -100 

A visit to Ampex's Redwood City, California headquarters, 
and a talk with the development people, reveal the 
work that went into this state -of -the -art tape machine. 
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WE WERE SEATED in the office of Frank Santucci, 
the Ampex Audio Product Manager who, in 
many ways is the "godfather" of the ATR -100 
project. Seated around the microphone of my 

cassette deck were Frank and the three engineers respon- 
sible for the development of this system: Robert P. 
Harshberger Jr., staff engineer who did the motors and 
control systems; Alastair M. Heaslett, senior staff engineer 
whose responsibility was the signal electronics; and Roger 
R. Steger, senior engineer who created the mechanical 
system. 

The resulting transcript of this talk took 31 typewritten 
double spaced pages but there was some doubling back 
and over -detailing that is not important. What follows 
will show the brain work that went into the ATR -100. 

The first area of discussion centered on the use of 
ferrite tape heads on the machine. Ampex is not the 
first such user in pro audio, but ferrite has yet to be com- 
mon as a replacement for classic metal laminated heads. 

"The answer has to be multifold. The first reason is the 
very greatly improved longevity of the head. From a 
professional user's point of view, what this means is that 
adjustment of the machine to maintain a certain level of 
performance need not be made as frequently as with a 
metal head. It is no longer necessary to compensate for the 
fact that its performance as a transducer is changing dur- 
ing its life as the metal is worn away. 

"The second reason is that it becomes possible to create 
a reproducer head where the noise and the high frequency 
region is not dominated by intrinsic noise generated by 
the head. 

"The third reason is that because of this low loss, it 
becomes possible to use a biasing frequency which is 
sufficiently high, so that at the higher tape speeds (high in 
level or high in frequency), we can avoid or substantially 
reduce the effects of bias modulation noise at the higher 
tape speeds. Now, as tape's short wave length capability 
gets better, a greater and greater amount of bias signal is 
left recorded on the tape. In this respect, the bias is no 
different than any other type of signal that produces modu- 
lation noise. 

"For example, at 30 inches per second, you can use 
a bias frequency of 150 -250 kHz, which is common today 
(ATR -100 uses 432 kHz). When you take a tape you 
just recorded at 30 in. /sec. with no signal going into it, 
rewind and then move it slowly past the head, you will 
actually hear a discrete signal coming back off the tape - 
recorded bias. True, when you play it at 30 in. /sec. this 
frequency is I50 -250 kHz, so one might say therefore that 
it doesn't matter. But the point is that the discrete signal 
having been recorded is saturating the tape. The effect on 
the over -all signal -to -noise ratio (the bias noise signal to 
noise ratio) at 30 in. /sec. is really quite substantial. 

If you attempt to produce a conventional laminated 
metal head with any kind of lifetime at all, that had to 
run with 400+ kHz bias frequency, you will find that you 
require an exceptionally large amount of bias power 
pumped into the head, most of which would be dissipated 
as heat losses in the head and very little of which would 
arrive at the gap as a useful plus. That's another reason 
why ferrite head technology was turned to. It permits us 
to realize significant performance improvements, particu- 
larly at the higher tape speeds." 

TAPE AND MACHINE 
One of the main points brought out in the discussion 

was the interrelationships that existed among divisions of 
the company. The development of the ATR -100 was 
interfaced with the construction and marketing of Ampex 
Grand Master tape -with the tape actually hitting the 
market place sooner. 

Frank Santucci at his desk. 

It came out that the tape division and this group worked 
closely over more than two years in which tape samples 
}towed in, were evaluated and changed, and a machine 
took shape as well. 

It turns out that the machine did not really take final 
shape until the tape existed, then the final stages could be 
completed and an ATR -100 launched. 

MECHANICAL CONSTRUCTION 
The pinchroller-less design of this new machine is an 

obvious feature. It was revealed that this was a design 
feature that was sought right from the beginnings of design. 

The ATR -100 is capable of handling 14 inch reels - 
though it is to be admitted that they are not yet readily 
available to studios. It is expected as more machines enter 
the field -as is now happening -these reels will come 
forth as well. 

As for the mechanical construction, it was decided that 
a constant tension transport was needed, tension to be held 
constant regardless of reel size or position of tape on the 
reel. 

"Once we made that decision, we looked at the tape 
transport and realized that the tension differential across 
the capstan is going to be constant since friction is rela- 
tively constant in tape. And once this is studied for a 
while, you become aware that a pinchroller isn't really needed 
because you can control that differential tension closely 
with pure electronics means by servo controls, so you can 
then do away with the pinchroller. 

"Essentially this is what we did. We went a step further. 
Most machines would normally have a pinchroller covered 
with rubber, a high friction material. We don't do that, in 
fact, we use an anodized capstan which is relatively low 
friction. You can be running along in a play mode and 
grab the tape and the capstan will slip, even though 
the wrap is 135 degrees. 

Alastair Heaslett, invariable cigarette in his hands, 
talks while Roger Siegel listens. 
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"This system, however, absolutely eliminates slip during 
normal motion. In fact, the grab from the capstan to the 
tape is so eood that if you misadiust the tensions on the 
machine deliberately, you'll find that while the machine it- 
self won't function suitably, it will still pull the tape. So 
there's a lot of margin." 

FLUTTER 

One of the demonstrations done at the recent AES show 
was to take the two reels and deliberately move them off 
center and run them, and still no wow or flutter was cre- 
ated. 

"The servo is a lot more powerful than it need be for 
normal operations. The motors are a lot bigger than are 
really required to move that tape, they are rated at Vs horse- 
power. It is a bi- direction servo in that you are never re- 
quired to use the tape to pull the reels around. There is 
much less transient type of tension disturbance. The force 
that you're able to get with a reel servo is approximately 
130 inch- ounces in either direction, which is twice as much 
as you can get on any other 1/2 -inch mastering type of ma- 
chine. Therefore, it can keep up with the offset reel. 

"Another part of the servo is the way that the tension 
is sensed. The tension arms are actually driven magnetic- 
ally, they are not spring -loaded. They are driven by a rot- 
ary solenoid and the force that they exert on the tape is 
controlled by the current throughout the solenoid. The 
force is also relatively independent of the position of the 
arm. So, while the position of the arm is used to sense the 
tension, it indirectly actually senses the actual position of 
the arm -which then controls the motor. The fact that the 
arm can move slightly does not affect the tension. It just 
controls the position of that arm and the reel will feed or 
take up in that position." 

YOUR "FISH SCALE" WAS DESIGNED 

TO WEIGH FISH! 

1 

Fr 

The Tentel tape tension gage is designed to diagnose 
problems in your magnetic tape equipment. Throw away 
your fish scales (or put them in your tackle box where 
they belong). The TENTELOMETER will measure tape 
tension while your transport is in operation, so you 
can "see" how your transport is handling your tape 

. smooth, proper tension for quality recording? or 
oscillating high or low tensions causing pitch problems, 
wow and flutter? 

"See" what your heads "See" and HEAR the difference. 

Tentel (408) 377 -6588 
50 Curtner Avenue Campbell CA 95008 
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This time Heaslett, cigarette still there expounds 
while Bob Harshberger listens. But in spite of these 
appearances, both Harshberger and Siegel also 
contributed heavily to these discussions. 

CAPSTAN SYSTEM 
My next question had to do with whether the capstan it- 

self enters into the servo operation. 
"Yes. It is a phase lock capstan. The capstan moves -it 

is being directly driven -the reel servo control logic senses 
that the capstan is moving in a particular direction, pro- 
gramming these torques for the proper tensions. The tape 
will then follow by virtue of the errors created in the reel 
circle. It will just follow the capstan in either direction. 

"On the fast modes (fast forward or rewind) the cap- 
stan functions as a velocity servo rather than a phase -lock 
servo. It goes to a certain velocity at a constant accelera- 
tion. When it reaches that velocity it stays at that velocity. 
The reel servos follow in the same way that they did in 
play modes. So that no matter which direction it is going, 
it creates the same error. In fast forward the tape simply 
accelerates to the maximum speed that the motor is capable 
of. 

SERVO RELATIONSHIPS 
"Now there is a control action as well. Under ordinary 

circumstancces (10 inch NAB reels), r/a inch tape) it ac- 
celerates at a fixed acceleration to a top speed, stays there, 
decelerates if you press the stop button, at the deceleration 
that it accelerated at. However, there are conditions such 
as with a 14 inch reel with r/z inch tape, where it is not ad- 
visable to accelerate that big of a pack as fast as the cap- 
stan can accelerate. Remember that there is no control 
given to the reel servos, it's only applied to the capstan. 

"So if the capstan is told to accelerate at this fixed rate, 
you do not want the reel to accelerate at that rate. It senses 
the extra large error in reel servos and controls the rate of 
acceleration of the capstan so the capstan will never accel- 
erate faster than the reel can. 

"You also have the opposite extreme where if you have 
a very tiny hub, or if you wound tape right on the spindle, 
the reel would be going much faster than the voltages in 
the reel servo would allow. So the capstan servo also senses 
that the voltages on the reels have risen to a high level 
and slows down the capstan. So if you have a very small 
reel on one end. as you are rewinding it actually does slow 
down." 
MECHANICAL ACTION 

One of the most impressive things about this new ma- 
chine is its mechanically smooth and quiet operation. My 
next questions had to do with these aspects. 

"We should talk about the guiding and the acoustic 
quietness of the machine. The tape lifters on the machine 
are conventional type solenoid operated lifters, but they 
are damped. So when you operate, you don't get any clunk 
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A closeup of the ATR -100 deck 

at all from the machine. In fact, the lifters are adjustable 
in the setup -so set them so you just don't get the clunk. 

The capstan noise factor is down because the rpm of the 
motor is down. Note that the size of the capstan itself is 

about 23/4 inches in diameter. It happens that one revolu- 
tion of the capstan is exactly 71/2 inches of tape. We 
wanted it to he intervals of time, 30 in /sec being four rev- 
olutions per second. The size of the capstan is significant 
for many other reasons. One is the area of the capstan's 
circumference. Because with the small diameter on most 
machines, you're very subject to run -out effects from the 
capstan. A run -out is when (as the shaft rotates) it is not 
really rotating around the center. 

"It may be slightly bent so the effect of the driving ra- 
dius to the tape varies. The shaft simply can't be made or 
supported in its bearing perfectly. That run -out translates 
directly to flutter. It becomes a velocity error around the 
tape. The larger you make the capstan radius, maintaining 
the same number for the run -out, say 1/1000 inch, the 
more you proportionately reduce your flutter." 

Next month we will conclude this discussion, beginning 
with the four speed operation of the recorder. 

Glaucoma. 
You don't feel 
a thing. 

After a while, 
you can't see 
a thing. 
Right now there are some 1 mill ion unsuspecting victims. 
That's because you can be losing your sight to glaucoma 
and not realize it. Especially if you are 35 years plus. 
So be smart. Get your eyes tested at least every two 
years. For more information about this leading cause of 
needless blindness write to: 
Prevent Blindness. Box 426. New York. NY 10019. 

National Society for the Prevention of Blindness, Inc. 
79 Madison Avenue. New York. NY 10016 

Have you heard 
the latest 
from these crown 
amplifiers? 

ao.n e era 

All three of these dual channel power ampli- 
fiers now include a rear panel mono /stereo switch. 
No internal wiring changes are needed. 

You now have a choice of 70 volt (DC- 300A), 
50 volt (D -150A) or 25 volt (D -60) balanced line out- 
put in mono. 

The D -150A now includes dual channel atten- 
uation controls on the front panel. 

The DC -300A is now rated at 155 watts per 
channel min. RMS into 8 ohms, 1Hz to 20kHz with 
total harmonic distortion of .05% at rated output. 
The D -150A is now rated at 80 watts per channel 
(same conditions) and the D -60 at 32 watts per 
channel into 8 ohms, 20 to 20kHz, THD .05 %. 

Some things don't change.The ability of Crown 
amps to deliver full rated power continuously with 
distortion almost eliminated. Rugged construction. 
Conservative design. A full three -year warranty 
covering parts, labor and round -trip shipping. 

Good news. Good listening. Write or call to- 
day for your copy of the latest spec sheets on these 
amps. Crown International, 1718 Mishawaka Road, 
Box 1000, Elkhart, IN 46514. Phone 219/294 -5571. 

When listening 
becomes an art, crown 

Box 1000, Elkhart IN 46514 

Circle lh on Reader .Service Card 
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MORTIMER GOLDBERG 

The Art of Tape Editing 

Smooth transitions and the undetectable deletion of unwanted 
material are achieved through expert maneuvering 
of tape and precise knowledge of just where to break. 

THE DEFINITION of edit is to prepare for use by 
compiling, arranging, emending, etc. As applied to 
recording tape, this article will explore the tech- 
niques utilized in the assembling of material into 

a cohesive unit of sound, in the form of speech, music, or 
both in combination. Music has its rhythm, tempo, melo- 
dic variation, speech its cadence and inflections; the musi- 
cal beat is synonymous with the pacing of speech. An 
orchestra conductor edits music by controlling the orchestra 
into a continuous and harmonious blend of instruments 
and a tape editor's function is to combine his material with 
like precision. 

EDITING OF SPEECH 
One of the initial aspects in the editing of speech is to 

correct the imperfections of speech delivery. These imper- 
fections include, the mistake (fluff), natural hesitations, 
and the audible thought seeking sounds of "um" and 
"ah." These are most important in editing for broadcast, 
where the race against the clock requires maximum skill in 
editing to correlate all thoughts in an intelligible and natu- 
ral sequence. The time factor doesn't necessarily apply to 
the editing speed, but more importantly, to the quantity of 
material information delivered in a prescribed time. 

What is of prime importance in the natural sequence of 
speech is pacing. This naturally varies among individuals. 
Some speak rapidly, and some slowly. Some enunciate well, 
while others do not. Regardless of the type of speech pat- 
tern encountered, there is one thing that is common to all, 
and this is the breath. All words uttered are done so while 

Mortimer Goldberg is technical supervisor with CBS 
Radio, New York. His distinguished 25 -year career 
includes the editing of numerous documentaries. 

exhaling; when the air supply is depleted, a breath has to 
be taken before continuing. This is what natural pacing is 
dependent upon in each individual speech pattern. 

BLOCK CUTTING 
For the moment, let us consider block cutting. This is 

the elimination of complete sentences, or thoughts, with no 
internal editing involved. In order to illustrate the cutting 
method necessary to preserve the natural pacing, refer to 
FIGURE 1. 

Al and Zl are the first and last words, respectively, of 
sentence 1. B1 is the breath following sentence *1. The 
same configuration applies to sentences 2, 3, and 4. If we 
want to keep sentence 1, and cut to sentence 4, eliminating 
sentences 2 and 3, our sequence would be: 

(1) Z1 + B1 + A4 
This pseudo -algebraic formula indicates that the cut is 

made just prior to A2, maintaining the breath BI, and 
joining at the beginning of A4. Using the same method to 
indicate the incorrect means of making the splice, we 
might come up with 

(2) Z1- I- B3 +A4 
In formula 2, the cut is made just after Z1, and joined 

to the breath B3, which precedes sentence 4. 
You might ask what difference it makes; a breath is a 

breath. In some cases, this may be true, but usually, it is 

not. There are two distinct reasons for it not being the case. 
Because sentences 2 and 3 have been eliminated, the 

joining of sentences 1 and 4 is the only thing discernible 
to the ear. The breath that followed sentence 1 is in 
cadence with the speech delivery to that point, and will 
flow smoothly to the start of sentence 4. Consider the 
alternative of using breath 3. Sentences 2 and 3 might 
have had an increase in verbal exuberance, and hence 
uttered at a much quicker pace than what preceded. As a 
result, breath 3 would not be in keeping with the pace 
of sentence 1, and an unnaturalness would be noticeable. 

The second reason is more significant. There is a natural 
reverberation to the voice that is not readily noticeable 
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when listening to speech, either live or recorded. The de- 
gree of this reverberation is dependent upon the surround- 
ing environs. There is less in acoustically treated rooms, 
such as broadcast or recording studios, and more in hard - 
wall or glass- enclosed areas. The voice of a public speaker 
in an auditorium, on a public address system, will have a 

great deal of echo as it reverberates though the auditorium 
from the loudspeakers. This, of course, is extreme reverb- 
eration. However, the sustenance of sound, from one syl- 
lable to the other. is ever present in normal conversation. 

Referring again to FIGURE 1, ZI's final syllable reverber- 
ates into the breath, B I. The joining at the start of A4, as 

previously stated, will flow in natural sequence. Consider 
the other possible splice -ZI + B3 + A4. Breath 3 (B3), 
contains the reverberation of Z3, and when spliced to 
combine with A4, in addition to the unnatural pace, will 
contain the extraneous sound of the Z3 reverberation 
content. 

The difference between the two methods is that the first 
will be seemingly untouched, whereas the second will be 
unmistakably rcognized as altered or edited. The recogni- 
tion is more acute to the trained ear, but still apparent 
nevertheless to the average listener. 

FINDING THE EDIT POINT 
The first requirement for locating the edit point is to 

have the ability to recognize the sound makeup of speech 
at very slow speed. This speed is not regulated by the elec- 
trical movement of the tape, but by manipulating the tape 
by hand, past the playback head. One method is to maneu- 
ver the feed and takeup reels in a to and fro fashion, with 
the mechanical brakes engaged. A fair amount of coordi- 
nation is necessary for the rotation of each reel in unison. 
I have found that it is more effective to hold the takeup 
reel alone, and put the machine in rewind mode. The 
mechanical brakes are disengaged, and the hand pressure 
on the take -up reel prevents the tape from moving to the 
feed reel. This slight hand pressure enables you to move the 
tape freely, back and forth in a rocking motion, with one 
hand and with considerably more control. You are able to 
seek the identifying sound smoothly, without the squeak 
associated with the engaged mechanical brakes, when 
rotated in the stop mode. Release for cutting is made by 
merely pressing the stop button. 

The identification of phonetic sounds, for the purpose of 
separating syllables, is the key to speech editing. The hard 
sounds of consonants are more easily recognized than the 
soft sounds of vowels. The sounds of B, K, and D are 
percussive in nature, because they are formed by contact - 
B with closed lips, K with the back of the tongue to the 
palate, and D with clenched teeth. The percussiveness, that 
makes the sound easily identifiable, is perceived by rock- 
ing the tape past the head at slow speed. 

Let's use the word corporal, as an example. The start of 
the word will sound like a click. The P, in like manner, 
will sound like a puff. The softer intermediate segments of 
the word will not have as pronounced a definitive identifi- 
cation, as the C and P, but will be recognizable by tonal 
characteristics. 

The vowels, A, E, I, O, U, are the most difficult to 
identify and separate because of their lack in percussive- 
ness. Sounds of this nature are made with parted lips, and 
the character of the sound is produced by changing the 
form of the parted lips. Just voice aloud -a, e, i, o, u. 
Notice how each sound blends with the next, using lim- 
ited mouth movement. It is helpful to listen to the material 
backwards, employing the rocking motion previously men- 
tioned. The comparison of the sound, between forward and 
reversed motion, often clarifies the division between syl- 
lables. A vu meter is also often an invaluable aid. A sepa- 
ration, not discernible to the ear, is often indicated on the 

Al ZI Bi A2 Z2i B2 ) 23 83 iA4 Z4 i41 
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Figure 1. The cutting method used to preserve natural - 
sounding pacing. 

vu meter by a dip of the pointer. 
It is essential to remember that when editing speech, it 

may be necessary to alter the existing correct pronuncia- 
tion, for the sake of preserving "pace" and "naturalness." 
For example, and and but are two conjunctives used very 
frequently. In an original recording, the statement may go 
as follows: 

Joe and David were going fishing and he decided, 
that is, David decided, to ask Bill to go along. 

The portion to be eliminated is He decided, that is, so 

that the statement would be: 

Joe and David were going fishing and David de- 
cided to ask Bill to go along. 

Cutting at the end of the complete word and, and splic- 
ing to David is a true representation of skillful cutting, 
which includes all components. Although and he flows 
perfectly, and David has the pacing destroyed by the 
stuttering effect of two consecutive D sounds. This is 

what is termed a jump cut. The and should be cut before 
the d as an. and spliced to David. The pacing is preserved 
and the result sounds unedited. This situation will always 
occur when and or but is cut from preceding a word be- 
ginning with a vowel, to before a word beginning with a 

consonant. The described editing techniques in these cases 

will always prove successful. 
Everyone, whether speaking in conversation or being 

recorded, usually will never consciously mispronounce a 

word without immediately correcting the error. When 
editing this mistake, or fluff, using the corrected word com- 
pletely usually results in an unnatural sound. Mistakes of 
this kind frequently occur in tongue twisting multi -syllable 
words, i.e. 

After his application was received, he was given 
an applointment- appointment -for an interview. 

The corrected word is fine in its entirety, but the prob- 
lem exists in the separation from given an to appointment. 
There is reverberation in the voice that carries through 
from syllable to syllable. In this case, the N sound from 

Figure 2. Method of threading short loop on a recorder. 

e 

co 
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AN. blends directly to AP of appointment. Voicing this 
aloud will confirm the fact. Even a skillful separation after 
the an, to the corrected appointment, results in an abrupt 
interruption of the word an. This is due to the remnant of 
its final N sound, blending into the A of appointment. 
Leaving the A, of the first word and cutting to the P of 
the corrected word eliminates the problem. The advantage, 
in this instance is twofold. Cutting to the percussive P is 
easier than cutting on the vowel A. 

INFLECTION 
My experience as tape editor, on numerous CBS Radio 

documentaries, has been that recorded material destined 
for the cutting room floor holds the key to a successful 
editing session. Considerably more recording time is de- 
voted to an interview than the actual program time allotted 
to it. Consequently, the initial editing consists of block 
cutting, for the purpose of extracting pertinent subject 
matter. (In this process, the unwanted material is often 
allowed to run off on the floor. I always wind this material 
on to a reel.) This tape is referred to as out takes. The 
remaining material must now be condensed to comply with 
the allotted allowable time. The correction of fluffs, hesi- 
tations, etc., is an aid to this time factor. 

The constant use of parenthetical phrases are very time 
consuming, and do not contribute to the desired program 
subject matter. It is desirable to eliminate them, but in the 
process, additional problems are created. For instance: 

and so the building was scheduled for demolition, 
because as I said before, the property was sold to 
the developer. 

In the interest of time, because as I said etc. is not nec- 
essary, since it was stated earlier. Demolition should end 
the statement, but the inflection is slightly up, due to the 
succeeding phrase which previously ended the sentence. 
The means for correcting the problem comes from an in- 
vestigation of the out take reel. It is only necessary to 
locate a word with the same suffix tion (shun), with a 

Figure 3. Extending the loop length and placing it 
through an empty 7 -inch plastic reel. 

downward inflection. It may seem to be a needle in the hay- 
stack situation, but not so. More often than not, the means 
of correcting mistakes or inflections by syllable substitution 
is available. The trick is to listen, recognize what is needed, 
and with practice, the surgery can be quite successful. 

BACKGROUND SOUNDS 
In terms of tape recording, the "background sound" is 

considered as some action that is occurring while a person 
is speaking. This could be music, street noise, office ma- 
chines, etc. There is always background sound present, 
regardless of conditions, even in the ideally quiet setting 
of a broadcast studio. If you open one microphone in an 
empty studio and listen to the monitor speaker, a sound 
is immediately apparent. There is nothing of significant 
level indicated on the vu meter, but sound is readily dis- 
cernible to the ear, even at the monitor's normal volume 
setting. 

Consideration of the most subtle ambient sound is of 
substantial importance in tape editing. The use of a blank 
piece of tape for a pause instead of the "quiet studio sound" 
would result in loss of sound or drop out. In radio broad- 
casting, numerous recorded inserts are pesented during the 
coarse of a newscast. These inserts are termed actualities, 
which are on- the -spot statements by persons describing 
situations, or informing the interviewer on matters perti- 
nent to the news item being reported. Invariably, there is 

a backgound sound behind the statement. Ideally, when 
the statement ends, the sound is faded out before the 
newscaster resumes speaking. This is particularly true for 
telephone recordings, which, because of the nature of the 
medium, have an inherent sound of "line noise." For radio 
listening, that fade gives a smooth transition from item to 
item. 

Television production rarely bothers with this audio con- 
sideration, because the ear accepts an abrupt change when 
the eye views a new scene. In a t.v. newscast, there may be 
a picture of a battle going on with the associated sound, 
and at the conclusion of the segment, the scene switches 

Figure 4. A loop weighted down on one side of the 
machine through an empty plastic reel. 
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to the anchor man with a simultaneous absence of the 
background sound just heard. Seeing the anchor man 
seated before a microphone, in an entirely different envi- 
ronment, seems perfectly natural to the viewer and the 
abrupt removal of sound is not particularly noted. Radio 
listening is entirely different because the ear, when func- 
tioning without the eyes, is much more sensitive to audible 
change. This fact can be easily proven by listening to t.v. 
audio without watching the picture. 

Due to the consolidation of material from numerous 
sources which arc combined through narration, the pro- 
duction of radio documentaries require utmost considera- 
tion of background sounds. On- location recordings often 
are made in different areas for the convenience of persons 
being interviewed. Different interviews, film clips, etc., per- 
taining to the sequence, consolidated through editing, have 
varied background sounds, ranging from very quiet to very 
noisy. These variations occur not only because of change 
in ambient sound levels, but because of the editing out of 
verbal content. The informational material may flow very 
smoothly, but the sudden changes in ambient sound result 
in unnatural- sounding sequences. In order to remedy this 
situation, a common background sound, excerpted from 
original material, is mixed behind the entire sequence. The 
nonsequitar backgrounds are thereby melded into a com- 
mon. and essentially integral part of the presentation. 

This same augmented sound may be mixed behind the 
commentator as he bridges the various topics of the inter- 
view, despite the fact that he wasn't present during the 
original recording. The purpose is not to deceive the 
listener into the belief that what they are listening to oc- 
curred as presented. The commentator invariably qualifies 
the fact that he was not present. The augmented sound 
merely contributes to the cohesiveness of the overall product. 

THE LOOP 
The method used to accomplish this background is the 

loop. Refer to FIGURE 2, which pictures the closed end of 
tape threaded through a recorder. This particular -sized 
loop is adequate for a background that has a distinct pat- 
tern which, when repeated regularly, would be normal, 
such as the sound of a trip hammer or pile driver. Access 
to sound in the clear is often only available in short seg- 
ments, extracted from pauses during the interview. In order 
to obtain as much tape as possible to form the loop, it is 
best to dub the sequence at the highest available speed. If 
the original recording was made at 71/2 in. /sec., then dub- 
bing at 15 in. /sec. will give twice as much tape to form 
an adequate loop size. Even at 15 in. /sec., numerous dub - 
bings may be necessary in order to obtain sufficient tape 
length to form a playable loop. 

When sounds are very general, and not as particularly 
distinctive as the previously mentioned trip hammer, the 
completion of an adequate loop is much more difficult. 
The vague murmur of voices is immediately transformed 
into a constant annoying repetitive pattern when placed 
in short loop form. To avoid this effect, as many varied 
sections as possible must be dubbed and edited together, 
so that close repetitive sections are eliminated. Conse- 
quently, considerably more tape is involved to form the 
loop. FIGURES 3 and 4 indicate how this lengthened loop 
can be made to play effectively by the weighting action of 
an empty 7 -inch reel. In the majority of cases, the length- 
ened loop will serve adequately as a background without 
noticeable repetition. 

However, if the nature of the available sound is such 
that frequent repetition is unavoidable, then further cor- 
rective measures are indicated. The lengthened loop is re- 
corded on another tape and then the two mixed together 
to form the final loop. The only thing necessary in this 
recording process is to have the two recordings displaced 

in order to avoid synchronism. This step is invariably ade- 
quate in obtaining a suitable background, of authentic 
origin, for use in a highly edited segment. In order to free 
a tape recorder for use in the final production, the loop 
is often transferred to the cartridge. The cartridge is made 
by deactivating the primary cue so that a 30 or 40 second 
cartridge will run continuously without stopping. 

EQUALIZATION & FILTERING 
The use of frequency discriminating equipment is gen- 

erally an aid to the tape editor. On- location recordings are 
usually performed by reporters utilizing cassette machines. 
Frequently, in the haste of obtaining an interview, the 
proper microphone technique is neglected, and numerous 
sections of the recording have an "off mie" quality. The 
fact that the person is off mie also results in a voice level 
lower than normal. 

Level adjustment can compensate for the loss, but addi- 
tional noise is encountered. The use of an equalizer, with 
a boost in the 2000 -3000 Hz range, does wonders for 
the off mie section. This frequency spectrum is in the 
voice mid- range, often referred to as the presence area. 
The effect is such that the voice is seemingly brought closer 
to the microphone, with increased clarity. The pre- empha- 
sis of the equalized section causes its loudness to compare 
with other non -equalized normal sections of the tape. 
Invisible intercutting between these sections therefore be- 
comes more feasible. 

Quite frequently, due to a malfunctioning recorder, the 
resultant material sounds muddy or muffled. By attenuating 
the frequencies in the 100 -200 Hz range, and again boost- 
ing the 2000 -3000 Hz range, the clarity of the recording 
becomes considerably improved to acceptable intelligi- 
bility. The elimination of 60 Hz hum, or other steady 
tone oscillation is accomplished by the use of a notch filter. 
This device discriminates sharply between discrete fre- 
quencies; if it doesn't completely eliminate them, it attenu- 
ates them to a more acceptable degree. 

MUSIC EDITING 
The tape editing of music requires the additional skill of 

recognizing discrete tonal identification, commonly known 
as perfect pitch. This is not to say that this talent is abso- 
lutely essential, but an editor with perfect pitch is able to 
intercut or blend musical passages more accurately, with 
fewer attempts. 

The needs vary to an extensive degree. In a professional 
recording session, the one -time recording performance is 
not unusual, but more often corrections are made without 
starting from the beginning. The pickup is recorded a 
few bars prior to where the error occurred. In editing, a 
convenient point is selected for ease of joining. This may 

Figure 5. The normal threading of a tape machine. 
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Figure 6. The reverse threading of a tape machine. 

be a beat, a pause, or whatever effective area is convenient. 
The only requirement is that the joining be perfect. 

More difficult situations occur when alterations of exist- 
ing music recordings are necessary. This may involve the 
elimination of a chorus in order to shorten a selection, or 
excerpting passages for use as musical bridges in a dra- 
matic sequence. Excerpted music is usually employed with 
a positive start, and then faded out when no longer needed. 
A more sophisticated treatment will have a natural ending 
at the desired time. This type of editing results in a newly 
created musical passage of specific time duration, to satisfy 
any and all needs. 

Direct splicing within musical passages is the exception 
rather than the rule. A pick up on a "hold" note followed 
by, possibly, a drum beat, could readily be accomplished 
by a direct splice. More often, it is necessary to take the 
pickup point from one tape and blend, by mixing, from 
another tape to a third recording machine. This process 
requires two identical tapes of the original material, for 
the purpose of eliminating unwanted passages by selectively 
blending from one tape to the other. Unwanted portions of 
the first tape cannot be allowed to continue under the 
blend point. Blank tape is inserted at the end of the de- 
sired section, so that there is no possibility of unwanted 
sound. Very frequently, leader tape is used, so that there 
is visible indication of the end of the needed recorded 
portion. 

The use of an echo chamber or a reverberation unit of- 
fers great advantage when musical separation of sounds is 
very short at the point of the desired blend. Cutting after 
the desired note will always sound abrupt, but re- recording 
this segment through an echo chamber will extend the 
note sufficiently in order to blend in tempo with the de- 
desired pickup point. 

Precise timing is essential at the blend point in order to 
preserve the tempo. The tape must be in motion, at its 
proper playback speed, at the mix point, to avoid a pitch 
variation. Calculation of tape time to and from the point 
of mix can be accomplished by stopwatch timing. How- 
ever, reaction time must also be considered and the entire 
process can become cumbersome. A very valuable tech- 
nique is using the constant speed of the tape recorder 
transport to time the segment. 

FIGURE 5 shows the normal threading of tape in between 
the capstan and pressure roller, and on to the takeup reel. 
The capstan revolves in a clockwise direction and controls 
not only the tape speed, but its direction. Examine the 
threading of the tape in FIGURE 6. The tape is placed up 
and around the pressure roller, and goes between it and 
the capstan from the opposite direction. The clockwise 
rotation of the capstan moves the tape toward the feed 
reel. In the play mode, with separate feed and takeup 

motors, there is no mechanical linkage and electrical brak- 
ing causes each reel to accommodate the tape in whichever 
direction it moves. We therefore have a method of main- 
taining the normal position of the tape on the recorder, and 
playing it backwards at the operating speed. 

Applying this technique to the mixing of two tapes re- 
quires the following procedure: 

Tape 1 contains the first portion of the musical seg- 
ment. At the point of blend, where no further sound is 
needed from tape 1, a length of leader tape is spliced in. 

Tape 2 is prepared with leader tape prior to the pickup 
point for the mix with tape 1. Pot settings are determined 
in advance for proper level into the third tape recorder. 

On Tape 1, the desired point of transition is set at the 
playback head. The pickup point on tape 2 is set at its 
playback head. Each tape is carefully threaded around 
the pressure roller and in reverse direction past the cap- 
stan, as previously described. Care must be taken that the 
desired blend point on each tape is at their respective play- 
back heads. When all conditions are satisfied, the play 
button on each machine is pressed simultaneously. Both 
machines play backwards at their operating speed. The 
time duration of this backward play is arbitrary. The usual 
time is approximately ten to fifteen seconds, mainly for 
reaching a convenient spot for editing the new mix into 
the original material. When this is satisfied, both machines 
are stopped simultaneously. Carefully restore the normal 
threading of the tape without any change of position of 
the tape at the respective playback heads. 

(a) 
(b) 
(c) 
(d) 
(e) 

(f) 

The third machine is started in record mode. 
The mixer position for tape 1 is open. 
The mixer position for tape 2 is closed. 
Start tape 1 and tape 2 simultaneously. 
When the leader on tape 2 enters the head hous- 
ing, open the tape 2 mixer position. 
When the blend occurs, tape 1 will be in leader 
tape. Close tape 1 mixer position to prevent any 
audio that is present on the tape after the leader 
portion from being recorded. 

It is evident that the use of leader tape gives a con- 
venient visible indication for the need to control the mixer 
positions. The most important characteristic in employing 
this technique is that aside from its placement accuracy, the 
tape recorders are amply stabilized in speed at the mix 
point. 

VOICE & MUSIC SYNCHRONIZATION 
This backtiming technique is also an invaluable aid in 

mixing voice with music, when it is desired to have the 
music accent on a particular word or phrase. The use is 
very significant in the announcement of a program with a 
musical signature or theme. For example, the theme starts 
with a trumpet fanfare, followed by a tympani and cymbal 
crash before continuing into the melody of the signature. 
The announcement is to start after the cymbal crash. The 
music tape is cued on its machine at that point, and the 
start of the announcement cued at the playback head of 
its machine. The simultaneous backtiming is as previously 
described. No internal editing is required because the 
whole musical sequence is required from the beginning. 
It is only necessary to have enough blank tape at the start 
of the reels so that the tape won't run off the reel before 
the completion of the backtiming process. 

The applications of this technique are numerous, and 
any situation involving critical mixing of two tapes will be 
completed with very satisfactory results. 

The recording and editing of tape is a fascinating thing, 
whether it be for vocation or avocation, but its degree of 
excellence is only attained through interest and practice. 
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620) classified 
Closing dale is the fifteenth of the second month preceding the date of issue. 
Send copies to: Classified Ad Dept. 
db "I'IIE SOUND ENGINEERING MAGAZINE 
1120 Old Country. Road, Plainview, New York 11803 

Rates are 50e a word for commercial advertisements. 
Employment offered or wanted ads are accepted at 25e per word. 
Frequency discounts: 3 times, 10f7 ; 6 tines, 20r;-; 12 times, 33%. 

FOR SALE 

THE RESONATOR is more than a re- 
verb. Designed for use with any console, 
including Tascam. $359.00. Dyma, Box 
1697, Taos, N.M. 87571. 

THE LIBRARY . . . Sound effects re- 
corded in STEREO using Dolby through- 
out. Over 350 effects on ten discs, 
$100.00. Write, The Library, P.O. Box 
18145, Denver, Colorado 80218. 

DUPLICATOR REPAIR CENTER for all 
brands of in- cassette duplicators. Fac- 
tory- trained technicians. Work warran- 
teed. Also big selection of new and 
used duplicators. Tape and Production 
Equipment Company, 2065 Peachtree 
Industrial Court, Atlanta, Ga. 30341. 

A FEW competitively priced used Revox 
A77 and A700 decks available. Com- 
pletely reconditioned by Revox, virtually 
indistinguishable from new and have 
the standard Revox 90 -day warranty for 
rebuilt machines. Satisfaction guaran- 
teed. Write requirements to ESSI, Box 
854, Hicksville, N.Y. 11802. (516) 921- 
2620. 

AUDIOARTS ENGINEERING, 286 Downs 
Rd., Bethany, Conn. 06525. Tolex -cov- 
ered portable 19 in. rack equipment 
cases. 

AUDIOARTS ENGINEERING Model 
3100A parametric equalizer /preamplifier. 
Audioarts Engineering, 286 Downs Rd., 
Bethany, Conn. 06525. 

DYNACO RACK MOUNTS for all Dynaco 
preamps, tuners, integrated amps. $24.95 
postpaid in U.S., $22.50 in lots of three. 
Audio by Zimet, 1038 Northern Blvd., 
Roslyn, N.Y. 11576. (516) 621 -0138. 

AUDIOARTS ENGINEERING Model 
5200A professional disco mixer /pream- 
plifier. Audioarts Engineering, 286 
Downs Rd., Bethany, Conn. 06525. 

DISCOVER A NEW DIMENSION 
IN SOUNDS 

THROUGH FREQUENCY SHIFTERS 

Featuring professional models 735 
and 750 Bode Frequency Shifters 
for creative sound production, and 
anti -feedback model 741 for p.a. 
systems. Also featuring POLYFU- 
SION synthesizer modules and sys- 
tems. For details contact: 

Harald Bode 
BODE SOUND COMPANY 

1344 Abington Pl., 
N. Tonawanda, N.Y. 14120 

(716) 692 -1670 

FREE CATALOG & AUDIO APPLICATIONS 
CONSOLES 

KITS R WIRED 
AMPLIFIERS 

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

OSCILLATORS 
AUDIO 
TAPE BIAS 

POWER SUPPLIES 

AMPEX SERVICE COMPANY: Complete 
factory service for Ampex equipment; 
professional audio; one -inch helical 
scan video; video closed circuit cam- 
eras; video systems; instrumentation 
and consumer audio. Service available at 
2201 Lunt Avenue, Elk Grove Village, 
IL 60007; 500 Rodier Drive, Glendale, 
CA 91201; 75 Commerce Way, Hacken- 
sack, NJ 07601, 

SCULLY MS- 282 -4, portable cases, mo- 
tion sense, remote, mint condition. (313) 
779 -1685 Sunday after 6:00 P.M. 

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

ARP SYNTHESIZERS: Strings, $1,385; 
2600, $2,190; Axxe, $700; Prosoloist, 
$875, Odyssey, $1,165. Dickstein Dis- 
tributing, 1120 Quincy, Scranton, Pa. 
18510. 

CLASSES IN 16/24 track music record- 
ing techniques, disc mastering, record 
production. Taught by famous engineers 
and producers at modern recording 
studios. Saga of Sound, 9200 Sunset 
X808. Hollywood, CA 90069, (213) 
550 -0570. 

NAB ALUMINUM FLANGES. We manu- 
facture 8 ", 101/2", & 14 ". For pricing, 
write or call Records Reserve Corp., 56 
Harvester Ave., Batavia, N.Y. 14020. 
(716) 343.2600. 

(r RADFORD 
Order Radford direct from England! 
Immediate dispatch by air of HD250 
stereo amplifier, ZD22 zero distortion 
preamp, Low Distortion Oscillator ser. 
3, Distortion Measuring Set ser. 3, 
speakers and crossovers. Send for 
free catalogues, speaker construction 
plans, etc. 

WILMSLOW AUDIO 
Dept. Export DB, Swan Works, Bank Square, 
Wilmslow, Cheshire, England 
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FOR SALE 

MODERN RECORDING TECHNIQUES by 
Robert E. Runstein. The only book cov- 
ering all aspects of multi -track pop 
music recording from microphones 
through disc cutting. For engineers, pro- 
ducers, and musicians. $9.95 prepaid. 
Robert E. Runstein, 44 Dinsmore Ave. 
Apt. 610, Framingham, Mass. 01701. 

CUSTOM CROSSOVER NETWORKS to 
your specifications; a few or production 
quantities. Power capacities to thou- 
sands of watts; inductors and capacitors 
available separately; specify your needs 
for rapid quotation. Also, PIEZO ELEC- 
TRIC TWEETERS -send for data sheet 
and price schedules. TSR ENGINEERING, 
5146 W. Imperial, Los Angeles, Ca. 
90045. (213) 776-6057. 

AMPEX TAPE. Ampex 
mastering tapes; 631 -641 
"Grand Master" in stock 
shipment; 1/4 ", 1" and 2" 
Best prices. Techniarts, 
St., Silver Spring, Md. 
585 -1118. 

Audio studio 
406 -407, and 

for immediate 
; factory fresh. 

8555 Fenton 
20910. (301) 

CROWN DC- 300A's at 20% off. Tascam 
Model 5's and 80 -8's, reduced to sell. 
Similar saving on Sentry Ills and IVAs, 
dbx 216, 187, 177, 152, and other noise 
reduction units. E -V & Shure mics, AKG 
BX10s; All NEW- factory guaranteed. Call 
today, ask for Ben at Rowton Profes- 
sional Audio, 4815 Clarks River Rd., 
Rt. 4 Box 5, Paducah, Ky. 42001. (502) 
898 -6203. 

TEST RECORD for equalizing stereo 
systems. Helps you sell equalizers and 
installation services. Pink noise in 1/3 

octave bands. type OR- 2011 -1 @ $20. 
Used with precision sound level meter 
or B & K 2219S. B &K Instruments, Inc., 
5111 W. 164th St., Cleveland, Ohio 
44142. 

STUDIO SOUND -Europe's leading pro- 
fessional magazine. Back issues avail- 
able from June '73 through June '75. $1 
each, postpaid. 3P Recording, P.O. Box 
99569, San Francisco, Ca. 94109. 

ONE STOP 
FOR ALL YOUR PROFESSIONAL 

AUDIO REQUIREMENTS 
BOTTOM LINE ORIENTED 

F. T. C. BREWER CO. 
P.O. Box 8057, Pensacola, Fla. 32505 

AUDIO and VIDEO 

On a Professional Level 
Lebow Labs specializes in equip- 
ment, sales, systems engineering, 
and installation -full service and 
demonstration facilities in- house. 
We represent over 200 manufac- 
turers of professional and semi- 
professional equipment for record- 
ing, broadcast, sound reinforce- 
ment, and commercial sound. Call 
or write for information and pric- 
ing (attention Peter Engel). 

LEBOW LABS, INC. 
424 Cambridge St. 

Allston (Boston), Mass. 02134 
(617) 782 -0600 

AST: THE PROFESSIONAL SOUND 
STORE. Full line of ALTEC and CROWN 
professional audio, commercial, and 
musical sound equipment; GAUSS and 
CERWIN -VEGA speakers; factory au- 
thorized service on most speakers. 
Large stock of ALTEC replacement dia- 
phragms available. AST, 281 Church St., 
New York, N.Y. 10013. (212) 226 -7781. 

AMPEX SCULLY TASCAM, all major 
professional audio lines. Top dollar 
trade -ins. 15 minutes George Washing- 
ton Bridge. Professional Audio Video 
Corporation, 342 Main St., Paterson, 
N.J. 07505. (201) 523.3333. 

FREE CATALOG of studio kits, consoles, 
p.a., discrete opamps. OCA, Box 1127, 
Burbank, Ca. 91507. 

PRO AUDIO EQUIPMENT & 

SERVICES 

Custom touring sound, 2 -, 4 -, and 
8 -track studios, disco systems. 
Representing Akai, AKG, Allen & 

Heath, Altec, Beyer, BGW, Cetec, 
Cerwin -Vega, Community Light & 

Sound, dbx, Dynaco, Dokorder, 
Emilar, E -V, Furman, Gauss, Kel- 
sey, Lamb, Langevin, 3M, Martex 
PM, Maxell, Meteor, Russound, 
Revox, Sennheiser, Shure, Sony, 
Soundcraftsman, Sound Workshop, 
Spectra Sonics, Switchcraft, TDK, 
TAPCO, TEAC, Technics, Thorens, 
and more. Offering these profes- 
sional services: custom cabinet 
design, room equalization, loud - 
rpeaker testing, custom cross- 
over design, electronics modifica- 
tion, and custom road cases. Call 
or write for quotes, or drop us a 

line for our latest catalogue. K&L 
Sound, 75 N. Beacon St., Water- 
town, Mass. 02172. (617) 787- 
4073. (Att.: Ken Berger.) 

THE UNIVERSAL PULSER`M 

Programs practically all A -V pulsing 
formats! Counts, transposes, filters, 
and triggers. Send for literature. 
TAPEHEADS, 4020 Beecher St. NW, 
Washington, D.C. 20007. (202) 338- 
6510. 

REELS AND BOXES 5" and 7" large 
and small hubs; heavy duty white boxes. 
W -M Sales, 1118 Dula Circle, Duncan- 
ville, Texas 75116. (214) 296.2773. 

WHATEVER YOUR EQUIPMENT NEEDS 
-new or used -check us first. We spe- 
cialize in broadcast equipment. Send 
$1.00 for our complete listings. Broad- 
cast Equipment & Supply Co., Box 3141, 
Bristol, Tenn. 37620. 

"MICROPHONE RECORDING TECH- 
NIQUES." New handbook covers pro- 
fessional microphone techniques for all 
types of musical instruments. Also sec- 
tions on microphone principles. types. 
and connections. $3.95 ppd. MTA -Dept. 
DB, 4260 Lankershim Blvd., North Hol- 
lywood, Ca. 91602. (California residents 
add $.24 tax.) 

$2 MILLION USED RECORDING EQUIP- 
MENT. Send $1.00 for list, refundable, to 
The Equipment Locator, P.O. Box 99569, 
San Francisco, Ca. 94109. 
94109. 

COMMUNITY LIGHT & SOUND profes- 
sional sound products. Brandy Brook 
Audio, P.O. Box 165, Seymour, Con- 
necticut 06483. (203) 888 -7702. 

ELECTRO -VOICE SENTRY PRODUCTS. 
In stock: Sentry IV -B, Sentry Ill, and 
Sentry V monitor loudspeaker systems 
for professional monitoring and sound 
reinforcement. Immediate air freight 
shipment to any N. American destina- 
tion. Florida dealer inquiries invited. 
National Sound Co., Ft. Lauderdale, 
Florida. (305) 462.6862. 

NAGY SHEAR -TYPE TAPE SPLICERS 
FOR CASSETTE Ya 8 
1S IN. TAPES 

HAND -CRAFTED 
FIELD PROVEN 
FAST, ACCURATE 
SELF- SHARPENING 

NRPD Box 289 McLean, Va. 22101 
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NEW YORK'S LEADING DEALER spe- 
cializing in semi -pro and professional 
recording and p.a. equipment. Teac, 
Tascam, Sound Workshop, Nakamichi, 
dbx, MXR, Dynaco, Ads, Frazier, Even- 
tide, Electro- Voice, Shure, Scotch, Max - 
ell, Otari, Ampex, and more. We go both 
ways: lowest prices in sealed factory 
cartons, or complete laboratory check- 
out and installation. All equipment on 
display. AUDIO BY ZIMET, 1038 North- 
ern Blvd., Roslyn, L.I., New York 11576. 
(516) 621 -0138. 

DECOURSEY ACTIVE ELECTRONIC 
CROSSOVERS. Model 110 dividing net- 
work; complete with regulated power 
supply, for bi -amp, tri -amp, or quad - 
amp. Custom assembled to meet your 
specifications. Monaural, stereo, or with 
derived third channel. Plug -in Butter- 
worth (maximally flat) filters; 6, 12 or 
18 dB per octave at any desired fre- 
quency. OPTIONS: Summer for single 
woofer systems, VLF hi -pass filters for 
elimination of subsonic noise, derived 
third channel. FOR OEM OR HOME AS- 
SEMBLERS: Model 500 or 600 dual filt- 
ers. Regulated power supplies. Write for 
new brochure. DeCoursey Engineering 
Laboratory, 11828 Jefferson Blvd., Cul- 
ver City, Ca. 90230. (213) 397 -9668. 

TRACKS!! The complete semi -pro re- 
cording center. Get our low prices on 
Tascam, TEAC, Neotek, Multi- Track, dbx. 
MXR Pro, Shure, BGW, Tapco and many 
others. Complete studio packages avail- 
able. Tracks!! from DJ's Music Ltd., 
1401 Blanchan, La Grange Park, IL 

60525. (312) 354 -5666. 

INFONICS DUPLICATORS! For a bunch 
of reasons, you can't afford not to con- 
sider Infonics Duplicators - especially 
since factory installation and training are 
included in the list price. INFONICS 
DUPLICATORS, (219) 879.3381. 

PROFESSIONAL SOUND COMPONENTS 
from Crown, TAPCO, Soundcraft, Even- 
tide, Community, dbx, Gauss, Sound - 
craftsmen, Spider /Peavey, Sound Work- 
shop, Neumann, and many more. Hear it 
all at Gary Gand Music, 172 Skokie 
Valley Rd., Highland Park, Illinois 
60035. (312) 831 -3080. 

YELLOW PAGES OF AUDIO -$3.95. Ref- 
erence to over 5,000 products and 1,000 
publications. Box 94 -D, Colmar, Pa. 
18915. 

ONE NEUMANN VG -66 disc cutting rack, 
100 watts /channel including monitor 
amps. S.N.B. Mastering. (514) 735 -2271. 

ASPEN'S 16 -track recording studio is 
for sale. Started in 1974 with new MCI, 
Dolby, 3M equipment. Excellent potential. 
Ed Thorne, (303) 925 -5530. 

ARP 2500, 2600, Odyssey, like new, 
$10.000. Consider offers. Call Jack (203) 
795 -3600 days. 

CROWN INTERNATIONAL. Complete re- 
pair, overhaul, and rebuilding service 
for current and early model Crown tape 
recorders and amplifiers. New and re- 
conditioned recorders in stock for im- 
mediate delivery. Used Crown recorders 
purchased and accepted for trade in. 
TECHNIARTS, 8555 Fenton St., Silver 
Spring, Md. 20910. (301) 585 -1118. 

TECHNIARTS, professional audio equip- 
ment: AKG. Ampex, Crown International, 
dbx, Malatchi, Orban Parasound, Ses- 
corn, in stock. Professional audio ser- 
vices: audio and acoustical analysis, 
narrow band equalization, reverberation 
time, frequency response, and noise level 
measurements, broadcast and recording 
systems design, fabrication, and installa- 
tion. TECHNIARTS, 8555 Fenton St., Sil- 
ver Spring, Md. 20910. (301) 585 -1118. 

MXR'S DIGITAL DELAY system. Maxell 
tape. Lowest prices. N.A.B. Audio, Box 
7, Ottawa, Ill. 61350. 

MM1000 AMPEX 16 -track recorder. 15/ 
30; 284 Scully 8 -track w /sync master; 
two Electrosound 2 -track recorders; 280 
Scully mono recorder; PDM EMT 156 
limiter; all in excellent condition. Wood- 
land Sound Studios, 1011 Woodland 
St., Nashville, Tenn. 37206. (615) 227- 
5027. 

AUTHORIZED AMPEX sales and service; 
electrical /mechanical manufacturing and 
design of studio equipment; motor re- 
building. F. R. Dickinson, Jr., Inc., P.O. 
Box 547, Bloomfield, N.J. 07003. (201) 
429 -8996. 

MAVIS 15 x 4 road boards for sale; also 
JBL components and other road gear 
available. (616) 392 -7043. 

3M 4- TRACK /IN CONSOLE 15 -30 i.p.s., 
excellent, $3,900; Countryman 967 phase 
shifter, $190; V.S.O. McIntosh 200 watt, 
$400; Four Studer A -80 Mark I electron- 
ics (100 hrs. use), $800 each; AKG -BX 
20E reverb w /remote, $2,500 or best 
offer; J.B.L. 4350 speakers, $1,050 each. 
still in warranty; Stephens 24 -track re- 
corder, latest model, like new, $20,000. 
(213) 461 -3717. Ask for Brian. 

3M M79's, 16 -, 8 -, 4 -, and 2- track; He- 
lios recording consoles; Tascam 80 -8's 
and 25 -2's; dbx n -r; AKG reverb; E -V, 
Shure, Sennheiser, & AKG microphones; 
Crown amplifiers, overstocked. Call Ben 
today at Rowton Professional Audio, 
Route 4, Box 5, Paducah, Ky. 42001. 
(502) 898 -6203. 

3M SERIES M -23 8 -track tape recorder, 
6 years old, replaced heads (minimal 
wear), very good condition. Specifica- 
tions & pictures available upon request. 
$7,000. Eight Dolby 361 -A noise reduc- 
tion units, excellent condition, $600 each. 
W. Ramsey. (512) 478 -9294. 

WANTED 

WANTED: TASCAM 4- or 8 -track Yz" 
recorder with 501 or 701 electronics 
(and Model 10 consoles, modules & 
small Neve boards). V. Bond, Box 1946, 
Winnipeg, Manitoba, Canada R3C 3R2. 
(204) 888 -6099. 

EMPLOYMENT 

SALES MANAGER - 
PROFESSIONAL AUDIO 

Responsible for U.S. and Cana- 
dian sales of accepted and rapidly 
expanding line of tape, noise reduc- 
tion, and signal processing systems 
to the recording and broadcast in- 
dustries. Successful applicant will 
be a dynamic self- starter, equally 
able to sell customers face -to -face 
and to motivate reps and dealers. 

Some recording studio back- 
ground is required and actual engi- 
neering or mixing board experience 
is highly desirable. Knowledge of 
studio systems and field applica- 
tions is helpful. Position requires 
up to 50 per cent travel. Send 
resume, including salary expecta- 
tions, in confidence to: 

Larry Blakely, Director of Marketing 
dbx, Inc. 

296 Newton St. 
Waltham, Mass. 02154 

An equal opportunity employer. 

EXPERIENCED MUSIC MIXER 
For major N.Y.C. studio, expanding 
staff. Send resume to Dept. 72, db 
Magazine, 1120 Old Country Rd., 
Plainview, NY 11803. 

W 
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once ¡s enough! 

11 is amazing to see that a ,germ cell's tail 
is connected to its body a rod -like linkage 
which functions as a snroc, /hly rotating mechanical 
joint. This /Jerre /lv 1 ctioning design 
is a wonder of natural engineering. 
The same joint design is used in Otari equipment. 
Otari has the long experience and dedication to 
detail that permits them to make the transition 
from theory and example to the level of technology 
which is directly applicable to communication 
equipment. There is no substitute for such 
experience and ability, and the fruits of such 
efforts are evident in the high -technology Otari 
products now winning high acclaim professional 
users and manufacturers throughout the world. 

Trust through experience- one encounter 
with OTARI equipment and from then on, 
You will trust the OTARI name. 

MX-5050-2S 
Small- scaled tape recorder for professional use. 
Built-in SEL /REP test oscillator. 
4- heads(2-2 -2-4), Input /output, 3-pin XLR connector. 

DOM 

MX -7308 
Economically priced tor studio use. 
One -inch, 8- channel recorder. 
Direct-drive tension servo. All amplifiers 
and mechanizms remorte controllable. 

OTARI CORPORATION: 981 Industrial Road. San Carlos, California 94070, U.S.A. Phone: California 415 -593-1648 Telex No. 259103764890 OTARICORP SCLS 
OTARI ELECTRIC CO., LTD. 4.29.18, Minami Ogikubo, Suginami-ku, Tokyo, 167 Japan Phone: (03) 333 -9631 Cable: OTARIDENKI TOKYO Telex: J26604 OTRDENKI 
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Think of them as 
your musical instruments. 
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The audience can't see you. But they can sure 
hear you. 

They don't know it, but they're depending on just 
one person to get the music to them. And that guy 
is you. 

It's not something an amateur can do. It's an art . 
And that's why Yamaha has designed 3 superb 
mixing consoles with the qualities and range of 
controls that the professional sound reinforcement 
artist needs. 

For instance, our exclusive 4x4 matrix with level 
controls gives you more exacting mastery over 
your sound than the conventional method of 
driving speaker amps directly from the bus 
outputs. 

Features like that are years away except on the 
most expensive mixers. On the Yamahas, it's 
standard equipment. And so are transformer 

isolated inputs and outputs, dual echo send 
busses, an input level attenuator that takes 4 dB 
line level to 60 dB mike level in 11 steps, and 5- 
frequency equalization. 

Whether you choose the PM- 1000 -16, the 
PM- 1000 -24 or thePM- 1000- 32, Yamaha gives you 
the flexibility you need to turn your job into an art . 

And because they're designed from the ground 
up to perform on the road, more and more 
professional sound men around the United States 
and the world are depending on Yamaha, night 
after night, gig after gig. 

If you've never thought of your mixing console 
as a musical instrument, we'd like to invite you to 
stop by your Yamaha dealer. Once you've 
checked out the operation manual and tested for 
yourself what the PM Series can do, we think you'll 
come away a believer. 

YAMAHA 
Box 6600, Buena Park, CA 90620 
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