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We're showing our new recorder backwards so
you can see its identical pairs of motors.

They're the secrets of the first truly backwards/
forwards play-back (or record/playback) unit
for reliable round-the-clock unattended broad-
casting.

The Ampex ABR15 is the first functionally sym-
metrical (and truly bi-directional) recorder for
broadcasting.

Its big 14-inch reels and bi-directional capabil-
ity make it ideal for automated operation. And
you can choose speed pairs from 15 ips to
15/16 ips.

Identical motors connect directly to dual cap-
stans that pull the tape across identical play-
back heads. A motor for each direction.
Separate playback heads for identical perform-
ance.

Two additional motors provide reel take-up,
whichever way you go.

All four motors are servo-controlled for even

tape tension and exceptional tape speed ac-
curacy. {=.08% throughout the reel).

Other features include extra fast start for pre-
cise cueing. “Joystick™ control for variable fast
forward and rewind. A digital tape counter. And
a simple, uncluttered design inside and out.
The rack mount modules, including electronics,
are only 134~ high. They're easily interchanged
$0 maintenance is simple and downtime is
short.

For full specifications and information on how
an ABR Series recorder will fit into your system,
call our Professional Audio Products Sales
Manager: (415) 367-4400 (collect).

Or write to Ampex Corporation, Professional
Audio Products Division, M.S. 7-13, 401 Broad-
way, Redwood City, CA 94063.

AMPEX

Il..!mll L]

Announcing the backwards/forwards
broadcast recorder, the Ampex ABR15

... backwards

www americanradiohistorv com
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Coming
Next

/\/\on’m

® Fdward J. Gately, Jr., describes a
new building block approach to the
design and manufacture of recording
consoles in his article MoburLar Cox-
soLE DEsIGN.

MobeErN  Sttpio CONSTRUCTION
Tecuxigues by William R. Graham
describes simple hbuilding procedures
for the construction of studios by
broadcasters and recordists on tight
budgets.

Low-FreQuEncy SouNp ADSORBERS
by Michael Rettinger describes the con-
trol of low-frequency reverberation in
the studio. Different materials are ex-
amined for their abilities to effect this
control.

The April issue will also feature a
complete guide and map to the exhibits
to be seen at the forthcoming AES
Convention in Los Angeles. In addition,
there will be a listing of technical ses-
sions and papers to he presented during
the convention.

And there will be our regular monthly
columnists, George Alexandrovich, Nor-
man H. Crowhurst. Martin Dickstein,
Arnold Schwartz, and John Woram.
Coming in db, The Sound Enginecering
Magazine.

About
the
Cover

o\ fanciful representation of sine
waves without which there would be
no audio. We salute the NARB Conven-
tion being held in Chicago, April 5th
through the 8th. The place: the Conrad
Hilton Hotel.
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The Editor:

In reference to Just Step Up To The
Mic in the November issue as well as
the mention by the author Robert
Hawkins in the January issue that he
did not know the manufacturer of the
velocity “Mystery Mic 2”7 T would like
to shed the following information.

The microphone in question was a
high-impedance velocity microphone
manufactured in 1935 by the Amperite
Company, at that time located at 561
Broadway, New York City.

1 used several of these microphones
in my sound amplification rentals at
that time and found them quite satis-
factory.

Fdward R. Myrbeck
Acoustic Laboratory
Harvard University
Cambridge, Muass.

Agoodly nnmber of writers have agreed
with Mr. Myrbeck in their identification
of the mic shown tn the November article
and on its cover. e thank the many whe
did, and particularly Mr. Myrbeck who
enclosed a xerox of an ad (which un-
SJortunalely we cannot reprodiice because
of the guality) that described the A mperex
velocity as an “‘all around microphone”
According to the ad it permilled 360-
degree pickup when lowered and paralleled
to the floor. il eliminaied feedback in p.a.,
and the ligh-impedance model operated
directly inlo a grid. Ed.

The Editor:

In vour November issue, 1 was not in
the least surprised (contrary to Mr.
Burrough's letter; December issue) to
find very little if any mention of Mr.
Burrough's concern as the article dealt
primaribv with significant contributions
to the development of microphones. It
was sufficient to show that Electro-
Voice microphones existed. If vou are
to mention every contribution to the
progression of microphones, then you
must of necessity give credit to the
wiremaker, coremaker, etc.

[t is important to note at the con-
clusion of this historical discussion of
microphones that. in quality studio
applications or critical situations, we
find only one or two ‘American micro-
phones present. With few exceptions
audio and recording engineers turn im-
mediately to the Luropean manufac-
turers for their microphone require-
ments.

If all the American manufacturers of
microphones since 1927 had continued
their efforts to produce quality instru-
nments we, the professional users, would
not be placed in a position of having to
select foreign microphones. In fact, the
names of Telefunken, Neumann, AKG,
and others would, indeed, be foreign,
instead of reverent trademarks of excel-
lence within the American audio indus-
try.

August I, Jones

Ciiief Engineer

Alteen Recording Corporation
Chicago, Ilinois 60617

Is Mr. Jones correct in saying that few
American-made microphones are nsed in
guality studie applications? ¢ have not
made a study in depth. but we wonld
venture to gitess fron observation in many
recording and broadcast applications of
the highest caliber that both American and
European microphones exist side-by-side.
In facl, in broadcast audio — where stand-
ards exist also — American dynamics
seem lo predominate. And we only refer
to modern instruments; the many Ameri-
can ribbons still in gqualily use is im-
pressive.

This does nol put down Furopean
nticrophones (or Japanese ones either) in
any way. Some exceptional microphones
do indeed come from the manufacturers
mentioned tn the letier. Bul Electro-1 oice,
Shure, and others should not be placed in
a secondary postlion — their products
simply do not deserve 11.—Fd.
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CX722 Superlative

HOR THONE WHO DENAND
The Vesy Zea

Some people can accept reduced quality in their audio
components. For others — the recording engineer, the
professional musician, the music connoisseur — there is

only one quality — the very best. These are the
uncompromising — the people who choose CROWN,

They know that behind each Crown product stands
the teamwork of some of the nation's finest audio
engineers and proudest American craftsmen. These are
the designers whose innovations have led the tape
industry with exclusive electro-magnetic braking, the
first solid-state components, original computer logic tape
control, the new industry standard power amplifier —
DC300, and now an ultra-flexible, high-performance
control center. These are the craftsmen who carefully
hand-fabricate and test each unit, entering measurements
on individual proof-of-performance records. This is the
product line that is worthy the pride of both its makers
and its owner.

To discover what you're missing — compare
CROWN's Total Performance sound today. Write Crown,
Box 1000, Elkhart, Indiana, 46514,

onown

MADE ONLY IN AMERICA

SX724 Professional

profes- perform-

HIGH FOELATY

sional quality with outstand-
ing flexibility for on-location
recording. 2 channels, 3
speeds, pushbutton electric
control, remote start/stop op-
tional, sound-on-sound, sound
-with-sound, echo effects,
shown in studio console.

ance at a minimum price. es-
sential for the finest compon-

ent systems. 1/4 -track stereo
2 speeds, push-button electric
control, remaote start/stop op-
tional, sound-on-sound, shown
in scuff-proof carrying case.

CX844 For the audio

perfectionist or professional,
the ultimate in live recording. 4 channels in-line, 3
speeds, computer logic tape control never breaks
tapes, remote control optional, sound-on-sound,
sound-with-sound, echo effects

All models shown feature total silicon solid-state
design, non-mechanical brakes, precision micro-gap
heads, 5 VU meters, 4 mic or line inputs, 3/16"
panel with massive central casting,

third head

monitor with AB switch, rugged construction, 100

hours in-plant testing.

(o]
(K=~ TTTE

-y | s Y

SX824 For the serious audio-
phile, the ultimate home re-
corder. 2 channels, 2 speeds,
computer logic control never
breaks tapes, remote control
optional, sound-on-sound,
shown in genuine walnut hard-
wood cabinet.

Cirvcle 15 on Reader Service Card
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DC300 Laboratory standard
basic amplifier. 300 watts per
channel RMS, complete out-
put protection, extreme puri-
ty, shown in walnut cabinet
D40 The ideal monitor ampli-
fier. 40 watts per channel
RMS, compact, low distortion,
shown in walnut cabinet.
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$4495

Want to know more about the
industry’s most popular tone
arm? Aszk your fellow b
aster or professional us
he probably has one!!

REK-O-KUT

1568 MORTH

CALIFORMNIA 9 ane
a division of

CCA ELECTROMIC

{16 JERSE"

MEW JE
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The Audio
Fngineer's Handbook

GEORGE ALEXANDROVICH

@ \\e have set out to talk ahout filters
and equalization. Now that we have
been refreshed in our memory as to the
basic qualities of resistors, capacitors
and inductors, let us see what we can
do with them. l.et us assume, as a start,
that we have two amplifiers, one feeding
the other. In a typical installation one
is a preamp (or the console output)
and the other is a power amplifier. We
shall also assume that the combination
of these two units produces flat fre-
quency response at the speaker termi-
nals. But when we feed the signal
generator output into the preamp and
test frequency response through the
speaker, we may discover that there is
a considerable acoustical peak at the
low frequencies as well as a few mid-
range peaks. Obviously, these inade-
quacies in response are stemming from
speaker characteristics and the acous-
tics of the room. Our aim is to insert an
equalizer into the electronic chain so

PREAMP

that all frequencies fed into the system
will be heard with the same loudness.
This would hold true for the monitor/
system, as for instance in the control
room. But if this is a sound reinforce-
ment system, installation problems
multiply. \We must now consider the
response of the microphone as well, he-
cause any peaks in sensitivity (or
response) of the microphone would,
in a system adjusted for flat response,
reduce maximum operating level.

If the system is for sound reinforce-
ment and the requirements are such
that only the midrange of the audio
spectrum has to be reproduced, the use
of a couple of resistors and capacitors
can reduce frequency response at the
spectrum, leaving only a restricted
speech range. Although it may be not
as effective as equalizing the entire
range it will help. (See Figure 1 and
Ficure 2)

First, we must find out about the

POWER AMP

O

r4
ouT

T

db

I

Figure 1, Attenuat-

/

ZOUT% gZIN

ing the low fre-
quencies,
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Walter Carlos,

creator of
“Switched-On Bach”
and “The Well-Tempered
Synthesizer,”

uses the Dolby System.

Mr. Carlos says. ‘The raw materials of electronic

music — the outputs of my Synthesizer, for

example — are sounds which can be varied from striking
purity to extreme complexity. After a desired sound is
created, often with considerable effort, it must be
preserved yvith care, to be combined later with others

in a meticulous layer by layer process. The noises of
magnetic recording are significant hazards in this
regard, since they are particularly noticeable in
electronic music. However, my experience confirms that
the Delby System effectively attenuates the nojse
build-up in electronic music synthesis. My studio at
TEMPI is equipped with ten Dolby units, which |
consider to be indespensible in my work."’

Whatever your recording activities, the dependable
Dolby System can help you make good recordings even
better. Now in use in over 200 companies in 27 countries
around the world.

§.Celif. Audio Industries Corp.

[JDOLBY LABORATORIES INC/| " HHEEEE s ou o

N. Calif. Audio-Video Systems Engineering

333 Avenue of the Americas New York NY 10014 1625 Tennessee Street. San Francisco. Cah! 94107
Tel 415 647-2420

telephone (212) 243-2525 cables Dolbylabs New York TR it ot

for intetnational IhQuiries 7201 S Western Avenue, Chitago. I1hinos 60636

346 Clapham Road London S W 9 England Conads raglIZHEO2TO0

telephone 01-720 1111 cables Dolbylabs London 6 Banigan Drive Toronto 17, Ontario. Canada

Tel 416 421-9080
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three
8-track
cartridges
every
minute

The new Infonics,D-8 duplicator
allows you to enter the high-profit
8-track cartridge field with only

a $6.495 investment. Duplicate

three 150-ft. tapes per minute
al 30 ips from 8-track cartridge
tape, or make your own 8-track
master tape from any stereo
input with the new Infonics
MR-8 Master Recorder.

With a 12,000 Hz. professional
quality Infonics D-8 and two
4-tape DS-8 slaves, you make 11
tapes per minute. Load the tape
into cartridges on a precision-
timed Infonics Cartridge Loader.

Write for your free brochure and
price list foday.

[@] infonics

1725 Clover’ ela Bou ¢.a-¢
Santa Monica Ca ifornia 9040
(2131 828-671 - Ca: e Azaress I' ‘onics
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Figure 2. Rolling off the sides of the spectrum.

terminal - characteristics of the two
amplifers. In particular, we must know
the source impedance (preamp output)
and the input impedance of the power
amplifier. Considering the majority of
the available power amplificrs we can
assume input Z (impedance) to be on
the order of 100k Ohms. Source im-
pedance would most likely he 600 or
150 Ohms. Whether we want to just
rolloff response, or insert an equalizer
of any type between the two amplifiers,
this information is vital. 2As mentioned
hefore, a capacitor offers fairly high
resistance to low frequencies and low
resistance to the passage of highs. In-
serting a capacitor of appraopriate value
between the two amplifiers will rolloff
low frequencies at the rate of approxi-
mately 4-6  dBsoctave (Froke 1),
Rolloff will start at the frequency at
which reactance of the capacitor will be
great enough to produce an effect on
the circuit. Since the capacitor is in
series with the input impedance of the
load. these two elements can he con-
sidered as a voltage divider. The ca-
pacitor being a series element, input Z
to the power amp is a shunt element.
Find out the attenuation at a specific
frequency caused by this voltage di-
vider use this formula.

1
capacitive reactance N- =
rfe
r =314
{ = frequency in 1z
¢ = capacity in Tarads

You can find what a resistance-
capacitor produces at this frequency.
Then substitute the value into the pad
and figure the voltage loss. H vou have
a Shure Reactunce Slide Rule (Shure
Brothers Inc., 222 Tartrey Ave., Evans-
ton, I, USA) vou can hnd vour
answers in seconds.

Let us take a speciiie case where the
input 7 of the power amp is HOK
and we want to roll off low frequencies
so that at 100 Hz response is down by
5 dB. Frcrre 3 shows voltage ratios
versus (B.

1086
g = — c=mal (1)
2rfe

www americanradiohistorv com

Voliage V1

Rario \72 dB
1.12 1
1.20 2
1.4 3
1.58 4
1.78 5
1.9 4}
2.37 7
2.51 2
2.82 9
3.10 10
308 12
3 14
0.31 10
7.4 18
10.0 20
3o 30
100.0 )
o 50
1000 60
10000 hill
100000 100

Figure 3. The table will find the voltage ratio
for the desired rolloff in dB.

7. = Power amp input impedance
ATV
— = —— (2)
5 Za

From the above formula and the
table vou can find the voltage ratio
for the desired rolloff in db. Substitut-
ing it into the formula (2) impedance
7, can be found. Using formula (1) we
find C in ulF. Then it is up to us to
find the capacitor and insert it into the
circuit.

vy VAR A

A L R e —

\".! Z-_-
o= 1.4 x Zo—70 = 141 x 100k — 100k
7s = 41k ohms

106 106
= ——: k=

2ric 2x A4 x100xC

Identical formulae will he used for
rolling off the high frequencies. We
shall then substitute the capacitor for
72 (see Frcure 2). 7 can be the im-
pedance of the source or the additional
resistor in series if the output impedance
of the preamp is too low (several ohms)
and it would require a huge capacitor to
rollolf response. Besides the preantypy am
may not be capable of taking a purely
capacitive load without going into dis-
tortion and overload. Addition of re-
sistance in series (Rg) is a standard
practice. The value of the resistor is
generalle chosen to be near recom-
mended load resistance.

This method is a good approxima-
tion of the actual value and for all prac-
tical purposes is sufficiently accurate.
If vou were to consider all the losses
and deviation from ideal, the obtained
values of the capacitors would he most
likely nonstandard anyway.
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The Sound

Of Koss
Electrostatic
Stereophones
IS Better

Than Speakers

The famous Koss ESP-6 now has a partner . .
the Model ESP-7 Electrostatic Stereophones.
The ESP-7 is lighter in weight, lighter in price.
The ESP-6 is completely self-contained and offers
3%z octaves more than conventional headphones.
But both deliver the startlingly crisp, smooth
and pleasant sound available only in

Koss Stereophones.

MODEL ESP-7 Reproduces 8% out of a possible 10
octaves (3 octaves more than conventional headsets). Self-
energized by small separate energizer mounted in cord
and containing transformers, speaker on-off switch,
“proper level” indicator, and provision for connecting a
second headset (Model ESP-A accessory Stereophones,
$59.00). Frequency response 35-13,000 Hz % 6 db. Comes
complete with energizer unit and individua!l machine-run
response curve. $79.00

MODEL ESP-6 Reproduces 9 of the 10 audible oc-
taves. Completely self-energized and self-contained. Fur-
nished with connector box and speaker on-off switch and
foam lined, sturdy carrying case. Frequency response:
27-19,000 Hz =5 db. Comes with individual, machine-run
response curve as positive proof of performance. $95.00

Write for "Adventures in Headphone Design'’ to learn the story of
this startling breakthrough in music listening. Or better yet, see your
hi fi dealer today tor a demonstration.

CKOSS

KOSS ELECTRONICS INC.
2227 North 31st Street
erretil ; Lo Milwaukee, Wisconsin 53208

Circle 19 on Reader Service Card
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FOR 8-TRACK
RECORDING
ON 1/4” TAPE

af attention to
ing needs,

both h
iri are different. That's
not only a tremendous
the ex-

1o the

signation} or off
wtronics distributors

MODEL BZL 3800 Series

MODEL

t tape hi:d Mank-

it takes to analyze
wnts and to recommend
v audio appli-

en you have head need,
d for Mortronics. We'll head

Hortronics

COMPARY., IMNLC.

Sales Offices throughout the wordd
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The
-eedoack Loop

ARNOLD SCHWARTZ

@ last month we talked about phono-
graph cartridges and what compliance
means in evaluating their performance.
T'his month T would like to discuss how
cartridge frequency response and band-
width limitations are determined. Not
many people have heard of Frank G.
Milter, author of a brilliant study en-
titled Stvlus Groove Relations in Phono-
graph Recards. This study contains an
analysis of the factors that determine
the frequency response of a stylus in a
record groove.

THEORETICAL

The basic elements of a high fdelity
magnetic cartridge are shown in Fiorre
The stylus arm is assumed to he
rigid, and is clamped at one end by a
compliant mounting which has some
mechanical resistance (damping). The
transducing element is coupled to the
stvlus bar at this end. The stvlus is
mounted at the opposite end and is
shown resting against a sterco groove
wall (viewed 43 degrees to the record
surface) with foree Fz. As the groove
moves the stylus is detlected up and
down about a mean position. The im-
pedance to this motion is i« mass. and a
resistance. Miller derived a formula for
the frequency response  (H) of the
stylus in the groove.
While this fornula relates the factors

www americanradiohistorv com

that determine frequency response of
the styhus driven by a record groove,
it does not take into aceount the trans-
ducing mechanism that converts the
stvlus motion into an analog electrical
signal.

RESONANT FREQUENCY

Milter’s response formula is in terms
of the resonant frequency, f,. which is
determined by the mass retlected at
the stylus (m). the modulus of elasticity
of the record material (E). the tip
radius (R), and the tracking force (Fz).
The mass has the greatest etfect on
the resonant frequency. I we decrease
the mass by one half. f, and the damp-
ing factor () increase by a factor of 1.4,

The maodulus of elasticity represents

CLAMPING AND COUPLING
TO TRANSDUCER MECHANISM

STYLUS BAR
STYLUS

LINEAR
— GROOVE
GROOVE VIEWED 45°  MOTION
70 RECORD SURFACE

HOUSING

Figure 1. The playback stylus in a stereo
groove.
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the stiffness (reciprocal of compliance)
of the record material, and for a given
material such as vinyl, is a constant.
Changes in hoth tracking force and tip
radins have relatively Tittle effect sinee
fo varies as the 1 6 power of these
quantities. In addition, increasing cither
of these quantities in order to raise the
resonant frequency would e counter-
productive to other cartridge perform-
ance characteristics.

We can now  visualize  how  this
styvlus-groove  resonance oceurs, The
effective mass at the tip resonates with
the groove compliance and is damped
by the resistance. The  compliance,
while it is determined mainly by the
modulus of clasticity, is dependent to
some extent on the tip radius and
tracking force.

STYLUS-GROOVE RESPONSE

By using  Miller's formula,
curves can be plotted (Froeen 2) which
how the relative velocity of the stvlus
when it is driven by a constant velocity
recording. The frequency axis is dis-
{
played as the ratio —, as Miller's equa-
fo

tion suggests, so that the shape of the
stylus-groove response can e shown
without reference to any specilic reso-
nant frecquency o A group of response
curves are shown for cartridges with
selected damping factors from 0 to 1.4,
In the theoretical case where the damp-
ing {actor s zero, the response at f,
goes to infinity. There is a resonant rise
of about 3.5 dB3 for a damping factor of
0.7. The ideal damping factor is 1.0
where we have optimally Hat response
with the widest bandwidth for a given
mass. Above the resonant frequency the
response fatl off 12 dB per octave. The
useful cartridge output extends about
one-half octave bevond resonance and
can be considered the cartridge cut-off
frequency. The frequency of the stylys-
groove resonance determines cartridge
bandwidth, and the damping factor
determines the amount of the resonant
rise.

The cartridge transducing mechan-
ism must generate an electrical signal
which is the analog of the styvlus velocity,
How closely does the cartridge outpnt
approximate the Miller cquation ? Ay
high frequencies, just helow resonance,
there are  deviations  which can be
aseribed to problems in the transduction
mechanism, At frequencies well helow
resonance we can expect to hnd close
correspondence-which  means  flat  fre-
queney response. In the case of ceramic
and cerystal cartridges the piczoelectric
clement itself often has a resonance that
is well below the stvlus-groove reson-
ance. This internal cartridge resonance
is damped but rarely, if ever, can a flat
response he maintained out to fg.
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NEW FAIRCHILD
REVERBERTRON

Model 659 FAIRCHILD Reverber-
tron is the newest addition to the
world-famous FAIRCHILD Rever-
bertrons. Superseding all other
artificial reverberators within its
price range, the new 659 repro-
duces for broadcast or recording
purposes, in a compact system, the
same natural, real-life reverbera-
tion effects as the world's finest
acoustic chambers.

FEATURES:

* Switch selection for either local
or remote operation provides 3
types of reverberation control: dry,
premix 1, premix 2 ¢ Exclusive*
selector for short, medium or long
decay times * Frequency response
ranges from 20 hz to 20 Khz on the
dry channel (=1 db) compares with Dept. DB-3 10-40 45th Avenue
30 hz to 6 Khz on the reverberation Long Island City, N.Y. 11101

See us at AES Show Booth 7.8

Circle 24 on Reader Service Card
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channel with a range of adjustment
to =15db » S/N is 10 db over previ-
ous models ¢ Effective for input
levels as low as —30 dbm; output
levels up to +18 dbm * Transformer
isolated input and output imped-
ance is 600 ohms or 150 ohms bal-
anced or unbalanced ¢ All elec-
tronics are on easy plug-in P.C.
boards ¢ All signals are metered *
Controls have continuous mix
facilities * Compact: only 22%,”
high x 19” wide x 10" deep.

“U.S. Patent #3436674

For complete details contact your
Fairchild Distributor or write:

FAIRCHILD
Sound Equipment Corp.
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tridges to constant-
velocity recording.

CARTRIDGE RESPONSE

When we measure the respouse of a
cartridge we are actually measuring
the combined effect of two systems;
the stylus-groove response, and the
response of the transducing mechan-
ism. How is this response measured?
Before the advent of a recordable sweep
frequency test record a laborious point-
by-point plot of spot frequency bands
had to be made. At CBS lLaboratories
when we were planning the STR-100,
the first of the CBS test records, we
decided to include a sweep frequency
band synchronized with the General
Radio level recorder. That this was a
wise decision is shown by the fact that
after almost ten years the STR-100
is probably the most widely used record
for cartridge evaluation. The cartridge
response curves of FigUke 3 were de-
rived from the STR-100, but for pur-
poses of this article have been replotted
to simulate a constant velocity record-
ing.

Curve A (Freure 3) shows the re-
sponse of one of the better, current
magnetic cartridges. The stylus-groove
resonance is approximately 16,000 1z,
and the droop in the 3,000 to 12,000
range is due to transducer response.
Curve B shows the response of a high-
quality magnetic  pickup which was
current about 8 years ago. Here we have
a curve which comes very close to the
Miller 11 function for a damping factor
of 0.7, and with the resonance at about
13,000 Hz. Curve C shows another cur-
rent, and highly regarded, cartridge
with a resonance at about 20,000 [z
(if we extrapolate), but with a severe
droop of over 5 dB in the high-fre-
quency range caused by the transducer
response. Curve 1D is a magnetic cart-
riclge with a pronounced resonance at
about 14,000 [lz.

RESPONSE AND
RECORD WEAR

A stylus-groove resonance, such as we
see in Ficrrus 2 and 3, will cause the
stylus to move with greater velocity
than the groove itself. .\ 3 dB resonant

www americanradiohistorv com
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rise will cause the stylus to move a dis-
tance that is 40 per cent greater than
the modulation itself. \WWhen the stylus
velocity is greater than the groove
velocity, the tip will indent or emboss
the groove and superimpose its re-
sponse on the record. last month [
discussed comphiance and record wear,
and pointed out that there were other
cartridge characteristics at least as im-
portant from the point of view of
record deterioration. Compliance has
no effect on the frequency or amplitude
of the stylus-groove resonance as do
the mass and damping. [t seems, then,
that tip mass and damping are ex-
tremely important cartridge character-
istics which not only affect performance
but can have important etfects on the
record itself.

MOVING?

Have you sent us a change-of-address
notice? It takes time for us to change
vour plate so let us know well in ad-
vance of your move. Be sure to send us
the complete new address as well as
your old address. Include both zip num-
bers. Keep db coming without inter-
ruption!

BACK ISSUES AVAILABLE

A limited number of back issues of db
are available to interested readers who
may have missed or misplaced earlier
issues. \When ordering please indicate
date of issue desired and enclose 75¢
for each copv.

CIRCULATION DEPARTMENT
db—The Sound Engineering Magazine
980 Old Country Road
Plainview, N.Y. 11803
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AUDIO
ENGINEERING
SOCIETY

CONVENTION AND EXHIBITION

PROFESSIONAL AUDIO EQUIPMENT
FOR STUDIO AND LABORATORY

MAY 4/MAY 7

AT THE LOS ANGELES HILTON HOTEL
LOS ANGELES, CALIFORNIA

IMPORTANT PAPERS: Motion Picture Sound Techniques ® Acoustical Noise
and Noise Control e Disc Recording and Reproduction e Audio in AM,
FM and TV Broadcasting e Microphone and Playback Cartridges e
Loudspeakers e Electronics applied to music ® Audio Measurements &
Instrumentation @ Architectural acoustics and Electroacoustics e Signal
Control and Processing ® Magnetic Recording and Reproduction @ Music,
Speech and Hearing @ Amplifiers and Audio Circuitry ® Sound Reinforce-
ment e Audio Applied To Education, Science and Industry

TECHNICAL SESSIONS: Monday through Thursday morning, afternoon, and
evening at 9:30, 2.00 and 7:00 except Monday and Wednesday 9:30
and 2:00 only.

AWARDS BANQUET: Wednesday, May 6 at 8:00 p.m.

EQUIPMENT EXHIBITION: Monday through Thursday; Monday and Tues-
day, 1:00 p.m.-9:00 p.m.; Wednesday, 11:00 a.m. to 5:00 p.m. and
Thursday, 11:00 a.m. to 5:00 p.m.

Convention Program, Banquet Ticket information available from
AUDIO ENGINEERING SOCIETY, INC., Dept. 38

Room 428, The Lincoln Building, 60 East 42nd Street
New York, New York 10017 (212-661-8528)
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Theory and Practice

NORMAN H. CROWHURST

® Things happen in spurts. After I'd
written the column that appeared in
the December issue, where | promised
something more about the design of
different kinds of transistorized dscil-
lator, I received some more pressing
enquiries, so I didn't get to fulfill that
promise till now,

But before I do that, something
about non-audio helds. Recently, [ sat
down and wrote myself a document
setting forth the legal precedence, based
mainly on the Declaration of Inde-
pendence (2,500 words), citing the
relevant facts (2,000 words) and giving
a concise statement of the resulting
position 1,000 words), to be hled with
my 1969 income-tax return.

A few people read this document
prior to its submission, both to the
IRS and to members of the Senate and
Congress in Washington. Everyone who
read it expressed the opinion that it
should be published, but my primary
interest is to render constructive serv-
ice to my adopted country, of which my
usual form of writing in this column is a
sample. That [ intend to continue
doing, rather than trving to fight the
income tax in the way that some good
citizens occupy themselves.

Yet, as my friends point out, [ owe it
to my fellow citizens to let them have
the benefit of this useful documentation,
the compiling of which was virtually
forced on me. So for anyone who would
like a copy of this 10-page, close-typed

I2AX7

, B+
< < 10K

> 1K 43K

GND

Figure 1. A basic half-bridse type oscil-
lator, utilizing 8 12AX7 to provide phase-
split outputs.

document, I'll send a xerox for what
it costs me to have it run off and mailed,
which is about $2.

A more constructive activity, arising
out of my concern for education, is a
new kind of newsletter, titled SYNER-
GY, that interested teachers are work-
ing with me on getting published. If
vou know any teachers who might be
interested, please send me their names
and addresses at the same address,
P.O. Box 651, Gold Beach, Oregon
97444. Now back to sound engineering
theory and practice.

A quite convenient oscillator, for
tube operation, used the circuit shown
at Ficure 1. This utilized half a 12AX7
(left) as a high-gain stage and half
(right) as a phase splitter. The precise
gain of the left half is controlled by the
d.c. component of negative feedback
from the cathode tap of the phase
splitter, which in turn is derived from
the bias at its grid, by rectifying signal
and storing the d.-c. component on its
side of the interstage coupling capacitor.

The pairs of elements labeled C and
R control frequency. The upper pair
provide positive feedback from the
plate of the phase splitter, while the
lower pair provide negative feedback
from its cathode tap. At the frequency
of oscillation, the signal at the gain
stage grid is just in phase and of suffi-
cient amplitude to maintain oscillation
at the gain set by the d.-c. part of the
negative feedback.

The values were selected to provide
equal phase-inverted outputs from ca-
thode and plate of the second stage.

Because this was a useful circuit
(with minimum frequency-controlling
components just 2 variables) we sought
to design a transistorized version. The
first try investigated the curvature of
transistors that might be used in the
same way tube curvature was used to
automatically control the gain in Figure
1. Although the 12AX7 tube is not a
vari-mu tube in the accepted sense. it
possesses sufficient curavure to enable
gain to be controlled over the small
range necessary to maintain constant-
amplitude oscillation.

This investigation yielded the fact
that the most usable curvature occurs
when the transistor uses no emitter
resistor whatever, and is fed from
a reasonably constant-current input
source. The curvature is where the
characteristics approach cut-off.

From this fact, the circuit of Fiure 2
eventually evolved, which more or less
translates the operation of Ficure 1
for transistors. Q. is the gain stage,
with zero emitter resistor, and Q. is
the phase splitter.

()7 is an emitter follower that re-
ceives both parts of feedback, including
the d.-c. part used to bias for auto-
inatic gain control.

Qa is another emitter follower, to
stabilize the collector load of Q., and
couple its output to the phase inverter
stage, Q.. Bias is effected by the diode
in Q4 base circuit. Before oscillation
starts, Q. is biased by the 2.2k and
1.5k resistors, with the diode conduct-
ing. When signal builds up, the diode
starts taking excursions into noncon-
duction, until the bias voltage on the
output side of the double coupling
capacitor sets the voltage fed back
so as to just maintain oscillation.

This circuit uses a very short curva-
ture of the transistor’s characteristic,
and is subject somewhat to transistor
selection. Also, to operate the emitter
followers properly, the arrangement re-
quires a double power supply, with
positive and negative parts. So why use

Figure 2. The closest
possible translation
of Figure 1, using

transistors.
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a curvature of the amplifying character-
istic to very active gain? The next
step was to use a quite different form
of control.

Oscillation can also be controlled by
varying the relative portions of positive
and negative signal fed back, holding
the gain stage at a reasonably constant,
high value of gain. This approach
finally led to the circuit shown at F1Gure
3. For this application, frequency was
not required to vary over a very wide
range, but we did want an output
whose peak-to-pecak  value almost
equalled the supply voltage, of good
waveform.

Transistors Q, and Q)2 serve the same
basic purpose as transistors Q. and Q.
respectively) of the previous circuit,
or as the two parts of the double triode
in Ficure 1. The values shown enable
the frequency to be adjusted to pre-
cisely 1,000 Iz, Variation of positive
feedback is achieved by making Qs
part of the collector load resistor for
02, with a limiting value (62 ohms) in
shunt,.

Before oscillation starts, Qs is non-
conducting. When the oscillator is
running, Qs works in its saturation
region, and reduces the collector re-
sistor's effective value until oscillation
is only just maintained.

Bias for this feedback-controlling
transistor is obtained by isolating the
oscillator output through Qs, an upside-
down emitter follower (which we can
do with transistors by using one of
opposite polarity), and rectifying its
output with voltage-doubler diodes.

The 220-ohm resistor in supply nega-
tive to Qi, Qs and Qs serves to provide
a delay bias voltage. Qs and Qs are
both cut off until oscillation starts.
When the voltage developed across the
0.1 mFd capacitor feeding the 33k
resistor to Qs base exceeds this delay
bias, Qs starts to conduct, running Qs
toward saturation, until oscillation is
controlled.

The circuit enables the voltage at
the collector of Q2 to be controlled
with quite close precision. Now we
have to amplify this voltage to the
magnitude of wave desired. This is
achieved by Qs, Q7 and Qs. Qs is an
amplifier stage and Qs is an emitter
follower directly coupled to it. Q7 com-
pares the d.-c. component of this output
with a reference value at its base, to
provide d.-c. bias for Qs and thus
provides amplified d.-c. feedback to
ensure the correct operating current for
Qs to center the output voltage.

Qs works at maximum gain, current
and wvoltage. But its base has two
signal inputs: one through the 1.5k
fixed resistor with the 1k variable in
series; the other through the 6.8k re-
sistor, which provides signal feedback
from the output. The ratio between

SUPPLY -2V
K
08
2N417
Q4 i
2N388 L orp
oNGIT 120K
02 - 5V + 2
1K 15K e _2—
AMP ADJ 2NaI7 e lzﬁ
L Lso” 150
ook [F 2§
«— GND

Figure 3. A final circuit, that uses a different principle to control
oscillation amplitude, and provides a means to yield a signal output
almost equal to the d.-c. supply, in peak-to-peak amplitude.

these resistors almost exactly sets the
ratio between the input voltage at the
slider of the 1k resistor and the output
voltage.

In getting the full voltage swing, the
emitter resistor of Qs sets one limit. If
one extreme of swing cuts the current
through Qe off, momentarily, the Dbase
of Qs rises close to negative supply volt-
age, and Qg virtually connects the out-
put, momentarily, to supply negative—
ot very close to it. At the other extreme
of signal swing, Qs passes enough cur-
rent to connect the base of Qs virtually
to supply positive, so Qs is momen-
tarily cut off.

Because the emitter of Q; is held
steady at mid-voltage, being a d.-c.
control, when Qs cuts off, its emitter
voltage is determined by the 2.7k re-
sistor and the 1350-ohm resistor, as a
voltage divider across the lower half
of supply voltage, which means the out-
put will come within about 2.7 per cent
of the supply voltage from supply
posttive,

In practice, the d.-c. output, and the
amplitude adjustment can be set so
these limits are not exceeded by the
signal actually amplitied, and the out-
put voltage will hold itself quite stable.

We're very close
to a lot of famous people.

"7 This close. And even closer. To the
Rock-ers and the Bach-ers. To the
string sections and the swing sections.

Because Neumann’s U-87 is made
that way. It's the only condenser
microphone designed to work up-close
without distortion. And with absolute
fidelity.

It has three-directional patterns.
An overload protection_ switch. Base
roll-off switch. And, of course, it has
the distinguished Neumann insignia on
the front—the world-famous standard

F of excellence.
The U-87 also has one dis-advantage: We've had reports of lipstick on
the grille, because performers can get so close to it.

If you can put up with that, we promise you the greatest separation
and presence ever.

Cost: $336, including cable and mount, and then you're ready to com-
pare the U-87 with any micro- @
phones you've ever used. You'll CGCOT H.aA
see, they don't EVEN COME CIOSE. 2 west actn Steer veow vom .1 10036 (2121605 4111

S 1710 N. LaBrea Ave., Hollywood. Ca 90046 (211) 874 4444
Write today for our free brochure. . In Canada: J.Mas Electronics Lid.
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The Sync Track

THE OMNIDIRECTIONAL
MICROPHONE

@ Some time ago. | had the chance to
sit in with a few engineers who were
planning to open a new recording
studio. When the subject got around to
microphones, one of the men said that

basic technology

201—FUNDAMENTALS OF
AUDIO TECHNOLOGY

202—-AUDIO/VISUAL
PRODUCTION & TECHNIQUES

intermediate technology

101-STUDIO TECHNOLOGY & PRACTICE

advanced technology

301-SURVEY: AUDIO SYSTEMS
DESIGN

302—-HIGH SPEED TAPE OUPLICATING

303-0OPERATIONAL AMPLIFIERS-
APPLICATIONS IN AUDIO

304—STERED DISK MASTERING:
PRINCIPLES, TECHNOLOGY
& TECHNIQUES

305-INTRODUCTION TO
AUDID ENGINEERING

Your job security and advancement depend
upon your skill and knowledge of present
technology and practices.

Qur proven courses embody the latest
disciplines of today's audio technology and
prepare you for tomorrow's top positions

in the industry,

The : .
INSTITUTE OF AU'DJ0 RESEARCIL, INC,
156 Fifth Avenue, New York, N.Y. 10010

w  212:242-1915
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JOHN M. WORAM

he was not considering the purchase of
any  omnidirectional mics, since he
liked the advantages of the more popu-
lar cardioid types.

The advantages of the cardioid micro-
phone are of course well known. In
fact, perhaps a little too well known.
For it seems that with the rising popu-
larity of cardioid mics, the omni has
been all but forgotten by many re-
cording engineers. This is a great shame,
since in some ways an omni is actually
superior to i cardioid.

The most abvious advantage is finan-
cial. Omnidirectional microphones are
generally  easier to make, and are,
therefore  cheaper than cardioids of
comparable quality. It takes consider-
able design ingenuity to develop and
construct a directional microphone with
good off-axis rejection. This additional
work is passed on in the form of & higher
price tag. However. people pay the
additional money because of the im-
portance of the word separation in
today’s studio operation.

Many producers become panicky if
they hear anvthing other than the
instrument right in front of it, picked
up by the microphone. Consequent-
Iy, microphones are  often  worked
at very close distances. and in the
scarch for separation, the cardioid has
become king. Yet, in spite of some im-
pressive  polar patterns, it is often
possible to get significantly more sepa-
ration with the all-but-forgotten omnt
mic!

There are two reasons why this is so.
First, consider the well-known proximity
effects of the typical cardioid micro-
phone. Ispecially at working distance,
of less than two feet, there is usually a
significant increase in low-end responses
which gives that characteristiec boomy
sound associated with close-in miking.

www americanradiohistorv com

Yet, for purposes of separation. most
pop session instruments are miked
within this critical 24-inch distance.
Of course, there may be a low end cut-
off switch on the mic, which will re-
duce — but not eliminate — the bass
boost.

Now consider a worst case; miking an
acoustic gut string guitar on a session
which includes drums, electric guitars,
and other loud sound sources. The
acoustic guitar is a relatively low-level
instrument playing within a high-level
environment. A cardioid microphone
placed two feet away will surely pick up
too much unwanted sound from the
other instruments. But, as the mic is
moved in closer, the proximity effect
spoils the sound of the guitar. By the
time the mic 1s close enough to reduce
the unwanted signals, not only will the
bass boost be excessive, (see F'iGURE 1)
but the mic may actually be in the
guitarist’s way due to its physical
bulk.

Here is where the ommi comes to the
rescue. There is no bass boost with an
omni mic, so it can be worked at very
close quarters without proximity-effect
problems, And the typical omni mic

ed]
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Figure 1. The transmission factor of a pressure
gradient microphone without (figure 8) and
with (cardioid) acoustic delay, in close
proximity of a sound source that is non
directional. (Graph taken from Gotham
Audio Corp. literature on the Neumann
U-67 microphone.
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Figure 2. An omnidirectione] mic such as
the Shure SM76 can be used even this
close to an instrument without proximity
effects.

is of ten significantly smaller and slimmer
than the cardioid, so at closer working
distances, it is less likely to get in the
musician’s way. We find that at the
extremely close working distances that
the ommni mic permits, the ratio of
wanted to unwanted sound is so great.
that the off-axis rejection of the cardioid
type of pattern is no longer important.
Remember, the cardioid microphone
does not think. Tt has been programmed
to reject certain sounds not because
they are unwanted by yvou, but because
they are off-axis. And you pay for the
programming. With the omni mic, you
don't get the off-axis rejection, but you
don't need it either since the on-axis
(desired) sound is now so loud at the
close-in working distance that the off-
axis signals are effectively masked.

And, of course, there are applications
where separation is irrelevant, or where
a wider acceptance angle is important.
On vocal overdubs, the omnidirectional
pattern is a big help if the singer tends
to move about in front of the micro-
phone. And of course, the omni is less
sensitive to popping. You can demon-
strate this with a microphone such as
the Neumann tvpe 86 or 87, which
contain duat cardioid elements. The
user can derive an omni pattern by
means of a switch which puts the ele-
ments in phase with each other. (The
figure 8 pattern is achieved by switching
the elements out of phase, and the
cardioid pattern uses only the front
element.) In the ommi position, any
popping problem wilt be somewhat
reduced, although for maximum effec-
tiveness, a true omni-only microphone
is recommended. As an  additional
bonus, the trie omni microphone often
has a smoother overall response and an
extended high end.

For some weeks now I have been ex-
perimenting  with a typical omni di-
rectional microphone, the Shure SN76.
I chose this mic for a guinea pig for
three reasons, none of which were
terribly scientific. It was small- it was

cheap-—and I knew absolutely nothing
about it, other than the first two
reasons mentioned. On many occastons.
it has baited me out of some very diffi-
cult situations that could not be handled
by a cardioid microphone. And for-
tunately, it also turns out to be an ex-
cellent general purpose mie, well worth
a try in any modern studio.

As a postscript on the subject of
close miking, some manufacturers rec-
ommend using a wind screen, or pop
filter, on all close-in pickups, even if it
is not acoustically required. Lspecially
in studios located in smog centers (you
know where they are) there is a certain
amount of dirt in the air. Moisture from
a too-close singer or brass instrument
easily finds its wav into the microphone,
carrying with it any dust and grime
in the area. The pop hlter serves as an
effective harrier for pollution as well as
pops, and may keep the mic out of the
repair shop for a long time.

And, in any discussion of close-
miking, with or without omnis, some
attention should be paid to the dif-
ferent perspectives one may achieve at
varions working distances. The classical
repertoire is generally recorded at maxi-
mum working distances. llere, one
argument against close miking is that
the listener hears too many of the so-
called production noises of the instru-
ment. A\ violin which sounds pleasantly

mellow mav become more strident as
the mic is moved in closer. Or a flute
pick-up will become too breathy.

Of course, in the pop scene, distant
miking is rarely considered, so  dif-
ferences are between close and closer,
miking. As a mic is moved between a
few feet and a few inches, there are
apt to be significant changes in per-
cussiveness, string noise, articulation,
frequency balance within the instru-
ment, and so on. This changing perspec-
tive must be considered, as most likely
different settings of equalization, limit-
ing, or echo will be suggested as working
distance is varied. Ideally, the optimal
working distance for the required de-
gree of separation will give a suitable
sonic perspective too. Practically, it may
not, so one must expect to make adjust-
ments at the console as working dis-
tances are varied. The equalization that
sounds good at two feet may no longer
be right at 6 inches.

Careful consideration of the many
variables associated with good micro-
phones placement is an important part
of achieving the best sound possible.
I'he omnidirectional microphone is no
more the answer to every pick up prob-
lem than is the cardinid. However,
every well-equipped studio should seri-
ously evaluate the characteristics of the
omni to see if its particular advantages
cannot be put to good use.

Get a$295 tape timer

~\1/7

=Free<

W

Not when you buy the Studer A-62 studio tape recorder.
It's got every feature you've ever looked for in a professional tape recorder
—plus others you'll find only in ours. Like the tape timer. It's not the famous
Lyrec TIM-4 you know so well. This one’s built in to the deck.

To get a direct reading in minutes and seconds, just run the recorder,
even at fast speed. (The Timer's accurate to within 3 seconds in a %2 hour
tape.) In the time it takes to rewind, your program will be timed.

We've also developed an electronic forward
regulating servo loop that keeps the tape
tension constant—regardless of reel size.
Even the smallest reel hub won't cause any
problem. So there's no speed variation, no
need for reel size switching, and no varying

/:,\

An impossible dream?

tape tension. Ever.

And the Studer A-62 practically takes
care of itself. It's precision-made by the
Swiss. So it will run like a dream. A not-so-

impossible dream.

o
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AUDIO CORPORATION

2 West 461h Sireel. New York, N Y 10036 (212)C05 4111
1710 N, LaBrea Ave . Hollywood Ca 90046 {213} 874 4444

1n Canada ) Mar Etectronics Lid.
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Sound with Images

SLIDES

® After an audio-visual installation has
bheen made. the client may begin to run
into situations with which he is not
familiar and which he did not expect
hecause there was no mention made
during the consulting stages prior to
cquipment purchase. It can be very
helpful  for the wise a/v supplier-

db
Binders

only $4.95
postpaid

Heavy-weight binders are now available to
hold the thirteen issues of Volumes 1 and 2.
Rich brown leather-grained virgin vinyl,
with our name printed in black on the spine
and front cover, is electronically sealed over
rigid board to give your volumes of db
lasting protection. Keep your copies pre-
served in perfect condition, protected from
dust and damage.

| i
: Please send me copies of the :
| db Magazine binder, My check for |
: $—  _is enclosed (sorry, no |I
| co.d). :
|

| Name |
| |
| Address |
| number and street :
|

| |
| <ity siate zlp :
|

: (New York State residents please add :

5% sales tax).

| |
| Mail to: db, the Sound Engineering |
= Magazine, 980 Old Country Road, :
I Plainview, N.Y. 11803. |
S S |

MARTIN DICKSTEIN

installer 0 he familiar with  several
aspects of shides, the different mount-
ings used for various reasons and equip-
ment, and the effects that might bhe
seen, as well as one or two diificulties.

The most common slide mounting is
the  cardboard  holders  supplied Dy
almost all of the photo shops. This
method is the simplest and is usually
sufficient except that the slide must be
handled carefully as the film is exposed
on hoth sides and is thus vulnerahle
to fingerprints, scratches, and advise
storage conditions.  Heat and humidity
play havoc with the emulsion and can
ruin a slide in a short time. Also, pro-
jection of a slide, mounted in this
fashion, with a particularly hot source
could cause the slide to pop. This comes
about as a result of the emulsion
shrinking more than the base side of
the film. causing a dishing out of the
film with the concave side toward the
projection lens. One method of pre-
venting this is to hold the slide in the
mount with a slight concavity on the
side of the emulsion, Another is to
mount the film by some other method.

Another mounting method provides
glass to keep the slide from popping.
One way is to laminate, or fasten, the
film to one piece of glass. This is done
on the emulsion side of the film with the
base side of the film lest exposed, The
film-glass laminate is now mounted in
a holder. With this method, one side
of the film is exposed so care must be
taken in the handling of the slide to
prevent  scratches and  finger  prints.
During projection, however, the film
is kept flat by the glass vet is allowed
to remain cool by having one side un-
covered.

Still another method for mounting
slides is in a metal frame or binder.
For this process, the film is first put into
a mask made to hold the film in small
tabs. The mask is then ptaced between
two pieces of glass cut to precise size,
and then the entire assembly is slipped
into the metal binder which has three
holding,/sides (channeled) and onc half-
open side. The fit is snug and some care
must be taken to avoid breaking the
glass. The top of the picture is inserted
first with the aluminized side of the
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mask toward the three-channel side
of the holder. This method protects
both sides of the film from heing marred
by scratches or hngerprints, permits
a littde rougher handling, and allows
the slides to be kept in various tvpes of
boxes or cabinets for easier reference.

There are certain types of slide
projectors that provide random access
to several travs (mounted one above
the other in a special housing) with each
tray holding up to a hundred slides.
These trays provide a different tvpe of
metal slide holder and therefore require
that the slide be mounted differently.
(However. this does not mean that the
slide mounted in this manner cannot be
used in other types of trays or slide
projectors. It can, but without the
special metal hinder,) This process also
has the filtm mounted in a mask, and
again between two pieces of glass, but,
instead of now putting the assembhy
into a holder, the edges of the glass
are bound in tape. The assembly is
rolled firmly and evenly along the
center of half-inch tape until all sides
are enclosed. Extreme care must be
taken to be sure that the tape is even
all around (no extra thickness due to
overlap) and that the corners are
mitered to prevent loose edges from
sticking out and catching in the pro-
jector causing a jam-up. This mount
allows freer handling of the slide without
damage to the film itself.

As a result of the different types of
available slide mounting, certain pre-
cautions must now he taken to assure
proper operation during projection. The
simple cardboard mounting ends up
with a slide that is thin in its profile,
If thin glass is used in the metal-hinder
process, the profile of this finished slide
will also be thin. However, where
thicker glass is used, or where the tape
is put around the slide-glass assembly,
the final profile is thicker. Care must
be taken in the tray used to hold the
slides during the projection or trouble
will resutt, Certain trays (the black
ones among others by different manu-
facturers) are made to take only the
thinner slides. The gray trays are
called Universals and are made to
operate with the thick as well as the
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thinner slides.

Certain phenomena will e noticed
during projection of a slide which may
appear only interesting to the casual
observer, quite disturbing to the per-
fectionists, perhaps embarrassing to
the speaker giving the presentation, and
of importance to the person in charge
of the slides and equipment of the
facility. One such occurrance is the
appearance of water spols.

When glass-bound  slides  are  pro-
jected under high heat sources, there
is a cemain amount of moisture evap-
orated from the emulsion of the film.
This moisture condenses on the inside
of the glass and on the tilm. Sometimes,
the spot will disappear when the slide
heats through and the condensate re-
evaporates., However, there will he
occasions when the moisture will re-
main in one spot. This spot will swell
and spread out as the heat increases
during projection, and finally remain
as what appears as a dirt-spot on what-
ever part of the picture it happens to
have formed. Continuous presentation
of slides with condensation taking
place may eventually appear clouded or
smokev. Al such  slides should Dbe
cleaned and re-mounted periodically 1o
extend their useful life,

Another visual phenomenon  seen
with glass mounted slides is known as
Newion rings. These appear as oddly
shaped rounded rainbow patterns which

expand and move as they heat up
during projection. These are caused by
uneven contact hetween two adjacent
extremely smooth surfaces causing light
interference patterns at the points of
contact. The name comes from the
studies made by Sir Newton of the
effects produced by a thin film of air
between the convex surface of a lens
and the tlat surface of a plane piece of
glass. The effect is similar to a thin layer
of oil on water. The thickness of the
layer will determine the color seen, due
to the frequency of the interference
patterns caused by reflection from the
top of the laver and the hottom. or
water-oil surface. Where reflected rays
are in phase thev will reinforee. When
they are out of phase they will tend to
caneel out. With monochromatic hght
of a particular frequency incident on the
layer, certain effects will result, Dif-
ferent frequencies of incident light have
different effects. White light, a mixture
of all the colors, has still another effeet.
This is the one seen in projectors,
When these rings prove annoving,
there are certain preventive measures
that can be taken. In the mounting
process, if the slide must he masked
of for any reason to avoid showing part
of the ilm during projection, the mask-
ing must be done carefully  without
buckling the tilm. Also, the film should
not be fastened down firmly  (with
tape, for instance) on two opposite sides

to allow for some expansion of the film
during heating. Also, there is available
an anti-Newton-ring glass which can be
used for mounting. This glass is made
with a slightly roughened surface to
prevent the rings from forming. (It is
possible, however, that in rare cases,
when the iluminating source is of high
intensity and the screen image is very
large that a little of this roughness will
appear in bright areas to observant
viewers sitting too close to the screen.)
For those who wish to, they can pur-
chase a very fine abrasive powder and
apply this carefully and lightly 10 the
inside surfaces of the mounting glass,
making sure all excess is carefully and
completely washed and wiped off before
mounting. The minute scratches on the
glass may help atleviate the ring situa-
tion,

Under all circumstances, however, the
storage of the slides is of utmost im-
portance, Slides should be kept in a
cool, dry place and in the dark. Cracked
glass should be changed as soon as
possible, and all slides should he wiped
clean (with a white lintless cloth or
cloth) before placing them into a tray,
or storage cabinet. Tape should be
checked regularly 1o prevent jamming.
Muoisture-absorhing materials should be
used in the slide storage area to prevent
excess humidity from creating problems
unseen until the slide is being presented,
hecause it is then too late.
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onsole | ransformer Elimination

ALLAN P. SMITH

Are transformers necessary in audio control
consoles? The author makes a case for
their elimination and detasils the advantages
that this elimination can bring.

RANSFORMERS HAVE BEEN CUTILIZED in professional
audio equipment to such an extent that they have
become an integral part of preamplifier subassem-
blies. Typical microphone preamplifier or line

amplifier subassemblies have both an input and an output
transformer. Often there are as many as four amplifier
subassemblies in tandem in an audio control console. This
means that the audio signal must go through as many as

Allan P. Smith is a consultant in electronics operating from
Maitlend. Florida.
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Figure 1. The total harmonic distortion of a typical 600:600 ohm
high-level transformer.

eight transformers as the signal passes through the console.
Why do we need this many transformers and how do they
affect console performance?

The rypical microphone/line preamplifier used today con-
tains a step-up transformer at the input which matches im-
pedances of 50,150 or 600 ohms to a secondary impedance of
15k ohms. There is an output transformer which steps down
from 15k ohms to 600 ohms. When vacuum-tube circuitry
was in use, high impedances were necessary to match opti-
mum operating points of the tube circuitry. Transistors are
low-impedance devices, vet designers still insist on design
techniques that were valid for vacuum tubes,

Why are these transformers necessary? Iirst of all, the
typical microphone preamplifier must also serve as a line
amplifier so that the same amplifier subassembly may be
used in any part of the console. This requires that input
impedances of 50 and 150 ohms are necessary for microphone
inputs and a 600 ohm input is necessary for the line input.
A 600 ohm output is necessary to match the 600 ohm input
of the next amplifier. Also tvpical audio control consoles are
so arranged that the operator may patch in or out of any
point in the console for use with auxilliary equipment.

The functions performed by a transformer in an audio
control console are as follows:

1. Impedance matching through step-up or step-down con-

figurations.

2, Elimination of radio frequency interference pickup on

input lines.

3. Isolation of ground potentials hetween pieces of equip-

ment,

Impedance matching of input and output circuits is critical
in many of today's transistorized console preamplifiers.
Input circuits of these amplifiers usually use a common-
emitter circuit configuration in which the lowest noise figure
for the preamplifier is reached when the input impedance is
hetween 10k and 15k ohms. Thus, in order to achieve the
lowest noise figure for the preamplifier, a step-up transformer
ts required for proper impedance matching. Step-down trans-
formers are used at the output of the preamplifier to match a
15k ohm output to a 600 ohm line impedance. This type of
design clearly indieates that many circuit designers are still
thinking in terms of vacuum tubes.

American console designers are accustomed to thinking
in terms of an exact match of 600-ohm impedances because
they think in terms of dBm and maximum power transfer.
In audio control consoles, preamplifiers are voltage amplifiers
and power transfer is of no concern. Generations of mis-
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Figure 2. The t.h.d. of a typical 600:600 low-level transformer.

understanding have perpetuated the myth of dBm and power
transfer in audio consoles to such a degree that many console
designers cannot ditferentiate between science and witch-
craft. If two amplifving units are to be connected together
and the input or load impedance of the second unit is equal
to or greater than the source or output impedance of the
first unit, full voltage transfer will result. However, if a cir-
cuit can be designed so that the load impedance is at least
10 times the source impedance, any variations in the load
impedance will not affect the voltage transferred. This holds
true all the way from microphones to line inputs. If an ampli-
fier were to be destgned with a 600-ohm input impedance, any
source impedance from a 50 ohm microphone to a 600 ohm
line could be matched without a transformer unless the
voltage gain obtained through a step-up transformer was
required. The same holds true for the output impedance of an
amplifier. I the load is to he 600 ohms, an amplifier output
impedance of 60 ohms or lower will assure full voltage trans-
fer if the 600 ohm load should vary.

Radio-frequency interference pickup on input lines poses
another problem. Many audio control consoles are operated
in the middle of horrendous fields of radio-frequency inter-
ference. A properly designed radio-frequency interference
filter installed at the input of each console line should elimi-
nate this problem. However, if balanced lines are used to null
out interference pickup, transformers must he used.

Isolation of ground potentials between pieces of equipment
requires considerable measurement and investigation. [f
ach piece of equipment to be used can be checked out and
potentials between signal output minus terminal and the
equipment chassis are eliminated, a common grounding svs-
tem for all equipment can relieve the requirement for trans-
formers between equipments for this purpose. One common
but often overtooked source of a ground loop between equip-
ments is the three-wire power cord,

[deally, if an amplifier could be designed that would de-
couple grounds with the facility of a transformer but without
the compromises associated with a transformer, the trans-
former would not be necessary. The design of such an ampli-
fier would eliminate the following deficiencies of transform-
ers:!

1. Elimination of cost.

2. Elimination of bulk.

3. Elimination of weight,

4. Llimination of distortion.

5. Elimination of frequency discrimination,
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Figure 3. The amplifier as described in the text, including the modifi-
cations.

6. Elimination of phase shift,
7. Elimination of impedance limitations.
8. Elimination of ambient pickup.

Distortion in a transformer? That question was raised by
an editorial reviewer for a leading professional engineering
society journal. 1t is obvious that the gentleman had never
bothered to measure a transformer. The results are startling.
First of all, almost all professional audio control consoles
utilize a 600:600 ohm isolation transformer for high level
inputs. Ficurre 1 shows the total harmonic distortion measure-
ments made on a typical 600:600 ohm high level audio trans-
former. The manufacturer claims 10 1o 30,000 11z response
and a maximum level of 415 dBm. Measurements were
made on this transformer at +4 dBm, —10 dBm, and —20
dBm. It is obvious from this information, that the total
harmonic distortion generated by a typical high level trans-
former operating at a signal level of —10 to —20 dBm. is
sufficient 1o mask the lack of distortion in the rest of the
console. For comparison, a low-level 600:600 ohm trans-
former which might be used at microphone levels was meas-
ured. The measurement results are shown in Fiurs 2. [t
is obvious that low-level transformers do not generate the
distortion associated with passing low levels through a high
level transformer.

How do we eliminate transformers in a professional audio
control consule? An electronic device that would accept input
and output grounds of differing voltage potential, and would
provide a signal output that would track the input signal
voltage changes on a 1:1 ratio, could properly be defined as
an active isolation lransformer. The described device would
fulill all isolation needs within a complex control system,
thereby climinating the requirement for transformers—and
since no impedance transformation is involved with low-
impedance devices in the described application, a solid-state
amplifier would only require one active isolation transformer
to satisfy the grounding decoupling requirement. lowever,
an active isolation transformer cannot be expected to isolate
potentials of 120 volts bhetween picces of equipment. Only a
transformer will perform this function.

The amplifier shown in Ficrre 3 1s the basic amplifier
previously described in the October 1963 issue of the Journal
of the Audio Engineering Society?, with modification. This
modification as deseribed herein, deteriorates in no way, the
performance or characteristics previously described.

A
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Figure 4. The equivalent circuit of Figure 3 viewed as & signal
analysis.

Rearrangement of the fundamental circuitry allows the
amplifier to perform as il coupled by an external transformer
at the input (with regard to low-frequency ground decoup-
ling) with no other change in the operation of the amplifier.

In order to achieve grounding isolation hetween input and
output, the signal minus is severed, and a capacitor is in-
serted between the two. The capacitor maintains the previous
configuration at high frequencies, but leaves the input
isolated at low [requencies and d.c. (Complete isolation at all
frequencies was not attempted because of the interelectrode
capacttances involved). This circuitry allows the input sec-
tion to be grounded through the signal source without causing
the normal ground loops.

As illustrated in Figure 4 (the equivalent circuit of Fioure
3), the signal source (V1) is connected to the amplifier input
loading resistor (R,) with hoth + and — leads, with the
grounding being accomplished at the source location. The
cquivalent resistor (Rs) represents the parallel combination
of Rz and Ry of Ficere 3, Ry is the equivalent of Ry and Rs
of Frarre 3, and the current source |, represents the input
transistor of Fioure 3.

The equivalent circuit of Ficere 4 clearly indicates only
two connections between the input and output stages: first
stage output and feedback path.

Voltage V. is a division of the output voltage Vs:

\':i
ly = ——— Ve = LR, Equation 1
Ra + R
R.
Ve = Vy (——) [Zquation 2
Ry + R

The voltage Vp is shown as the difference between the input
voltage V' and the feedback voltage Ve,

Vp = V-\) Equation 3
The current source t; is shown as a function of this voltage
\'p.

I =1V Equation 4
Fhe current, in actuality, is an exponential function of the
voltage, but for this discussion, remains purely academic,
since Vy, must be zero for stabilized operation, as will be
shown next.

Current I, is fed directly into the output stage, which for
derivation purposes, is assumed to possess infinite gain.
('The actual gain is sufficiently large to allow this assumption
without causing significant inaccuracies in calculation).
For any value of \'p, the output voltage (\'5) is infinite.
Therefore. Vp must equal zero.

IF'rom equation 3:

Vo =0 = V-V,

V=V, IZquation §
Substituting into equation 2:
R2
Vi=\Ve=\Vy(——F) Equation 6
Ra + Ro

Rearranging equation 6:
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Figure 5. The equivalent circuit of Figure 3 viewed as ground po-
tential analysis.

R:
Vi =\Va(————)
Ris 4+ R:
Vi = Ry 4+ R: = Gain of amplifier Iquation 7
) R,

This equation deseribes the voltage gain of the amplifier and
cmpirical veritication has heen established with over 500
amplifiers (equation versus cmpirical varies less than 1 per
cent).

Therefore, all assumptions, indicated previously. do not
affect the equation sufficiently to be empirically measured,
and the validity of the equivalent cireuit has been established
for the purpose intended. Setting the input voltage (V)
equal to zero, the circuit of Ficure 5 results.

The new signal generator (V) represents the unwanted
signal introduced (by tong input feads).

From equation 3:

Vp = V20
\p=V:=0
I. = O and V'3 = O (with respect to V) Lquation 8
AW
Iy = ——— Equation 9
R + Ry

To satisfy equation 8, the output must increase to com-
pensate for V'z which is:

V. =13 X R:
R.
Vo=V, (—————) Equation 10
Ry + Ry
Substituting the feedback equation (Equation 2):
R R2
Vo= Vi (———) = V3 (———)
R: + Ry R: + Ru
Vi =V, Equation 11

Therefore, the output voltage (Vi) follows the wnzeanted
input signal (V4) on a one to one basis, while at the same
time, the output voltage (V3) follows the input signal (V)
on a ratio determined by equation 7.

Rs + Ro»
V=V, (———) =V,
R.
Rearranging equation 12, the ratio of the input signal to the
unwanted signal is:

V= R,

= o — Equation 13

Vi R:+Ra
The equation indicates that the ratio of these signals, or the
isolation of the amplifier, is identical to the voltage gain of the
amplifier (equation 7).

Therefore, any unwanted signal, as a result of ditferences
in ground potential between input and output, is attenuated
by an amount equal to the voltage gain of the amplifier.

Equation 12

MASTER GAIN
o ™ 5
3 2 l@
o 2n AAJFD
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Figure 6. A functional diagram of a balanced console output
without transformers.

Wherever design considerations normally would  require
the use of a transformer for ground decoupling purposes, the
emplovment of this amplifier performs the decoupling func-
tion while simultaneously performing an amplifier function.
For example a bridging function can be accomplished, with
grounding isolation, merely by inserting a series resistance
between the amplitier and the source to be bridged. All input
impedance restrictions are, of course, eliminated with the
climination of all transformer requirements in this function.

Branching circuits, mixing circuits, and mix-down circuits,
all can be independently isolated without the employment of
a single transformer.?

The amplifier described here has an output impedance of
6 chms and mav be loaded by 600 ohms or higher. A variation
of this amplilier is called a Zero Amp mixing amplifier. [ts
operating characteristics are identical to the standard ampli-
fier except that it provides 180 degree phase reversal and
when used with a series 10.7k ohm resistor provides phase
reversal at unity gain. The combination of the standard am-
plifier and the Zero Amp mixing amplifier, as shown in
Ficure 6 will provide a balanced console output without the
use of transformers. The undistorted power output of this
combination is 424 dl3m into a 600-ohm load.

The following performance measurements indicate the
performance capabilities of this transformerless console
concept.?

Signal to noise ratio 80 dB.
(—50dBm. input for 4+4 dBm out)
Frequency response +0.1 dB.

(20 Hz to 20kHz)
Total harmonic distortion
(20 iz to 20kHz)
Intermodulation distortion

Unmeasurable

059,
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A Switching/ Summing Amplifier

WALTER JUNG

The component described has many uses,
paramount among them is its function as part
of an electronic music synthesizer. A
complete parts list is included.

ITH THE INCREASING POPULARITY of electronically
generated or controlled waveforms, be it music,
sound or whatever, a definite necessity arises
to have complete capability of systematic

programming, switching and otherwise manipulating various

voltage sources. :\s an example, if electronic musical ex-
pression is to develop to its logical end the ultimate hardware
involved will out of sheer necessity probably involve some
degree of computer control—otherwise the array of controls
would be staggering for even the simplest tones. A realistic
degree would use the computer as an interface element be-
tween artist and tone generators, etc. The performer could
program his desires into the machine and the computer
arrange the correct combination of oscillators, modulators.
gates, shapers, and so forth to generate the desired output.

Thus. the menial switching and so forth can be done on a

large scale—a scale which would be inconceivable for a man

to accomplish, and the artist is free to perforin creatively
without the cumbersome burden of the machine’s mechanics.

A basic piece of hardware to such a system is a waveform
gate, switcher, or sequencer with capability of control by
standard digital logic levels. This item would take any num-
ber of input channels and select by digital command any or
all of the various inputs into a common output channel. By
appropriate time sharing techniques various kinds of modula-
tion can be easily performed, with the mechanics of the
modulation being done at the digital level where a large
variety of standard, inexpensive logic modules are available.

A system of this sort theoretically has no limitations as to

degree of complexity or versatility—the constraints that do

exist are only practical ones.
A few brief points summarize the functional characteristics
of this module:
Inputs: Any number of input channels, 1 to #, ecach
standard level, 600-ohm line impedance.
Output: One, standard level, 600-ohm source impedance
Control inputs: One for cach input line. A logical one
2 plus 3 volts) inhibits signal transmission. .\ logical
zero (ground level, current sinking) enables signal
transfer.

Switching time: For high speed modulation or gating,
switching time should be about 10 ps for either on or aff
transition.

Isolation, insertion loss: An off channel should exhibit
£ 060 dB of attenuation to an input signal while an on

Walter Jung has coniributed before to db’s pages.

channel should have a 0 dB insertion loss. As an option,
an insertion loss should be capable of being trimmed
+a few dBB to match channels.

Frequency response, distortion: In on state, frequency
response and distortion characteristics of input signal
should remain unaltered. No switching transients of
control signal should be transmitted to output.

Other Objectives: Use of inexpensive, readily available
components in an easily repeatable circuit configuration
is highly desirable. Eventual conversion to 1¢ format
would be useful.

OUTLINE OF APPROACH

With the previously listed objectives in mind, the block
diagram of Ficure 1 depicts the various components inter-
connected to fulfill these goals. [Each input line is buffered
by a high-input/low-output impedance emitter follower which
allows bridging of lines (if desirable) and provide a low
source impedance to the switching element(s).

The digitally controlled switches are series operated
transistors which are effectively either on or off, the state
being under control of the digital control lines.

The output of all switches feed a common current summing
bus and summing amplifier. At the output of this amplifier
appear all input lines which happen to be or at a given instant
in time. In a case such as two or more on channels, the output
is the algebraic sum of the inputs with a scale factor of +1
applied to each (each input is 0 dB insertion gain, non-
inverting).

Thus, this device can either sum any or all input channels.
select a single channel, sequentially switch a number of them
or even provide random access programming. And all of this
is continuously under control of the digital lines—all of the
channels have a common control voltage sense, O volts
d.c. or ground equals a switch an, and a +5-volt level is a
switch off. Since these two voltages are standard 1L logic
levels, this atlows direct interfacing with any common com-
puter-type hardware—ilip-tlop, gates, even high order
functions such as smst or Ls1 complex arrays. Although this
article cannot begin to illustrate the various and extensive
applications that are possible using logic control, a few of the
hasics will be shown with the hopes that it might serve as a
starting point.

CIRCUITRY

The circuitry involved in this device is shown in Figure 2.
The three basic parts of a single switcher/summer are shown
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here; input b uffer, digitally controlled switch, and summing
amplifier. The summing amplifier is used once per syvstem
and the othe r two circuits repeated as many times as there are
channels in the system.

The input bufler is merely a simple emitter follower, long-
tailed to the negative supply to provide optimum linearity.
The variable bias connection shown (Rj3) is provided to
adjust (Q,'s emitter potential to exactly match Qs. With all
input ¢ hannels at the same static potential, there will he no
switchin g thump as varicus channels are switched in and out.

The digitally controlled series switch uses the variable re-
sistance properties of a field effect transistor (¢ET) as the
contro] element, and translates the input voltage into a
proportional current to be summed in the following summing
amplifier. Since the on state resistance of commion FETs
is quite variable {both initially as purchased due to produc-
tion tolerances and as a temperature drift) a fairly high
swamping resistance (R4 & ; is used in series with the rET
to minimize these variations. For the device shown, Rox
max is 500 chms, so the amount of resistance shown provides
at least a 10/1 reduction in this parameter’s sensitivity. And
by making a portion of this resistance variable. the individual
device variations from ¥Er to rET can be adjusted out and
each channel set to exactly 0 insertion gain in the on state.
The control voltage to drive the FET is by necessity bipolar,
so the driver circuit of Q3-Qy and their associated com-
ponents is used to translate the 0- to 45-volt computer talk
into FET language. !'This effectively links the switch's on
state to the sense of the digital control line. A 0-volt signal
at the control line robs current from Qaz, and Q. switches off,
driving the gate of () positive. The positive level on the
gate turns the channel resistance on, passing current through
the switch and into the summing junction of the next stage.
For the opposite state (off) the sequence is reversed. )z on,
() on, and Q. off inhibiting current transfer into the sum-
ming amplifier. Since both the input and output circuits of
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s
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E >~‘B\:ff.€ﬁ CONTROLLED
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a
= ,_r

—
DIGITAL CONTROL LINES

Figure 1. A block diagram of the system needed to fulfill the goals
set in the article.

this stage are d.c. coupled via the emitters of Q, and Q; these
d.c. potentials must be equal. which is the reasoning behind
the aforementioned Ri. As a result there is no transient
thump or bounce when channels are switched in and out and
all input channels are transmitted to the output without a
d.c. pedestal.

The summing amplifier is in reality an extension of a tech-
nique previously described 2, 3, ¢, 5 with an output buffer
amplifier and 600-chm termination. The grounded base
transistor ()5 serves as the summing junction for all incoming
switched signals and translates the composite sum of these
input currents into a voltage across the 5.1k collector load.
Since this value of resistance is equal to the total value of the
switch resistance, the input current provided by each input
will develop the same voltage across this common resistance,
resulting in a 0 dBB net gain. The Darlington emitter followers
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Figure 2. The schematic of the three parts that make up the system.
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+2V

Ql

INPUT 2N5132

OUTPUT TO SWITCH

-2V

Figure 3. An input buffer with simplified biasing and line termina-
tion. Note that to use this version delete Cq, Re, R3, R4 from the
parts list at the end of the atticle.

Qs and Q: are straightforward and the essentially zero im-
pedance output of (}; is source terminated for a 600-ohm
Zo. The direct output is available for applications not re-
quiring a source termination.

A power supply for the system is illustrated Figure 4
which will suffice for small scale applications, To plan large
systems the current requirements are: buffer amplifiers—3
mA, switches—3m.\ for high level input, 1 mA for low input,
summers—15 mA. Regulation is not extremely critical, but
ripple should be low, preferably 1 mV or less for good s/n and
the two levels would like to be balanced (+v = —v) for the
biasing shown.

APPLICATIONS

To illustrate the performance of this circuitry the following
section is devoted to actual measured performance data
on a two-channel version of a switcher/summer. [.ater on
some suggested ideas will be shown for other possible applica-
tions.

Perhaps the most stringent performance parameter that
a switching device must meet is its isolation in the of state.
FiGure 5 shows a curve of isclation versus frequency in the
range of 10 Hz to 100 kHz. Below 10 kHz the isolation ex-
ceeds 60 dB which is quite respectable for a plastic economy
FET. The loss in isolation above 10 kHz is due to capacitive
feed thru across the switching device. Ficures 6 and 7 also
illustrate on/off ratio, as they show two waveform photos of
alternate cycles of full on to full off, with Figure 7 showing
an expanded scale of the residual feedthrough.

To show the fast switching capability, Ficure 8 shows a
composite output waveform of alternate sine and triangle
waves of two sources with different amplitudes. For the
purposes of demonstration, the source used was a dual-output
function generator, but it should be noted that any sources
can be used. either harmonically related or asynchronous.

RI 180
’f cl % c3
D2 7500 “Tr150
|IE

. C2 |.ca
. 'L.soo ;IL:ISO

D4 R2 180

1 %

+i2V
D5
%INSMZ
D6 =
IN5242
ra

Ficure 9 shows a single function with another function being
gated in summation periodically. This illustrates hoth sum-
ming and gating.

While these waveforms do illustrate the capability of
switching between waveforms, the real versatility of a device
sich as this comes to bear when a few applications are en-
visioned. One of the first to come to mind is an multiplexer
which sequentially scans various inputs and delivers a serial
output waveform, Or, a simplified version might be a two-
input sampler driven by a flip-flop, which would cause the
output to toggle back and forth hetween the two sources.

An all-electronic fader, control could be realized by con-
trolling the switch with an ultrasonic frequency, the duty
cycle of which is variable. As the duty cycle increases, the
output would increase proportionally. As the duty cycle
is lowered, effective output would be reduced. By driving a
second channel with a complementary signal, a cross fade
would be made between two different inputs, since one
signal would be increasing as the other was decreasing and
vice versa.

If special waveform processing techniques are applied to
an input signal and this processed output used as the gating
drive, some unusual responses can be effected. Threshold and
peak detectors, waveform shapers, etc. can be used to imple-
ment a variety of special effects. One rather simple example
would be a burst generator, which could be realized by using
the zero-axis crossings of the input waveform to clock a
counter and deliver a predetermined number of output
cycles or burst.

SUMMARY

This article has attempted to describe a practical approach
to a combination audio waveform switching/summing device
which can be readily interfaced with common digital logic
hardware. This brings about a marriage between two sys-
tems: the analog control of a signal line and the digital ele-
ments which command this control. By defining the control
sense of this communication link in digital terms, large scale
manipulation and synthesis can take place on the digital
level, where it is best afforded.

Figure 4. The power supply.
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Figure 5. A graph showing switch isolation

plotted against frequency.

ISOLATION IN dB
HD
o

[
(=)

| j J

50

100 500 1K 5K 10K 50K 100K
FREQUENCY IN HERTZ

www americanradiohistorv com


www.americanradiohistory.com

Figure 6. Gated sine wave source, 2 cycles on, 2 cycles off. 0.2
milliseconds/cm horizontal, 1 volt/cm vertical.

Figure 8. Alternate switching between two sources—sine and
triangular waveforms, 0.5 millisecond/em horizontal, 0.5 volt/cm
vertical
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PARTS LIST

Input Buffer: multiply the below (uantities by the
number of channels required per system—all reference

designations pertain to FiGure 2.
ftem Description
R, ’Fermination resistor,
500 or 600 ohms
22k. Ygw, 109, carbon
composition
Rs 2.7k, Y¥w, 109, carbon
conposition
Ra 1k trimmer pot, IRC-CTS
N201R102B
'y Suf, 50 v, electrolytic,
Mallory MTVSCBS50
0, 2N5132 npn Silicon
transistor—
Fairchild or National

Ra,R,

subtotal component cost

ftem Description

R; 2.5k trimmer pot, IRC-CTS
X201R252B

Rs 3.9k, 4w, 109, carbon
composition

Re 10k, Ygw, £109, carbon
composition

Ry 100k, Y4w, 109, carbon
composition

Rin 2.7k, Y4w. £109. carbon
composition

R 5.6k, Ygw, £109, carbon
composition

Dy,D2; IN914 or IN214B Silicon

diode GE or I'T'T

s IN270 Germanium diode—
GE or ITT

Q2 2N5459/MPF105 FET—
Motorola

Qs 2N3138 pnp Silicon
transistor
Fairchild or National

Qs ENT06 or 2N706 npn
Silicon transistor
Fairchild

Sub total component cost

pertain to Figure 2,
Item Description
C.,Ca 3.3 uf, 153V, tantalum-
Mallory TAC
335K015P03
Cs 150 uf, 15V, electrolyvtic-
Mallory MFVIS0CKI15
Riz 5.1k, LBw, =109, carbon
composition

Ouantity

1

Price

S

10

2 X 8.10=8 .20

1

Quantity

Quantity

2 X .63

.10

.39

40

A7

§1.36
Digitally Controlled Switch: multiply the below
quantities by the number of channels required (as in
above). All reference designattons pertain to FiGUre 2.
Price

8

.39

10

.10

10

.60

.90

190

83.1
Summing Amplifier: All reference designations

Price

$1.26

48

.10

Ri2. Ry 10k, 14w, 4109, carbon

composition 2 % .10 .20
Ris  1k. V4w, £109% carbon

composition 1 10
Ri: 4.7k, YBw, £109, carbon

composition 1 .10
Ria 500 or 600 ohms to suit line

impedance 1 .10

Qs0Q:(); 2N5132 npn Silicon
transistor 3 x .17 31
Fairchild or National
Suby total component cost §2.85

Power Supply: Al reference designations pertain to
Fiovre 4.

Item Description Quantity  Price
T NM7Vace/28Va.c.CT @ 1A
Triad F-45X 1 8§3.77

DDy 1 Amp, 100 PIV Silicon
Rectifier | N4007 or
equivalent—ITT,
Motorola

Ds.Dg 12V 2209, zener, 500
milliwatt IN5242 or
equivalent—2>\otorola

4 % .36 1.44

2 X .67 1.34

CLCe 500 uf, 75V, electrolytic-
Mallory MTV 500CD25 2 x .42 .84

C3Cy 150 uf, 153V, electrolytic
Mallory MTV 150CK15 2 X 48 96

Ri.R, 1805, 14\W, +109-

carbon composition 2 X .10 .20
Sub total component cost 88.55
Summary of costs Input Buffer $1.36
Digital Switch $3.1
Summing Amp 82.85
Power Supply $8.55
Total §15.97

The above costs retlect the electronic component cost
required to build ene single-channel system. The price
of a d.c. board, chassis, or package and miscellaneous
hardware is excluded, since it can varv widely, de-
pending upon the number of channels. To calculate
additional cost of electronics per channel, add $4.47
per channel. Since the above prices are single piece
catalog prices, volume buving or judicious sclection
can materially reduce the costs.

Listed below are severat distributors which carry the
items necessary to build the unit.—

Cramer/Baltimore

922-2A Patapsco Avenue

Baltimore, Md. 21230

Newark Electronics
500 N. Pulaski Road
Chicago, llinois 60624

Allied Radio Corporation
100N, Western Avenue
Chicago, lllinois 60680

lamilton Electro Sales
8809 Satyr Hill Road
Baltimore, Md. 21234
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imer on Methods and Scales o
Noise Measurement, Part 3

WAYNE RUDMOSE

This installment concludes the discussion of

sound measurement equipment and goes

on to cover physical measurements in noise
control.

To measure noises which change rapidly with time (im-
pulse noises) special attention must be given to the entire
svstem, ie., microphone, amplifier, and output indicator.
Consider two tyvpes of impulse sounds, the first being the
noise generated by a rifle being fired and the second being
the noise generated by a drop-forge hammer. These are both
classified as impulse sounds, but clearly the duration of the
noise from the rifle will be very much shorter than the dur-
ation of noise from the forge. Because of this, the instrumen-
tation which would be acceptable for measuring the forge
noise will not necessarily be acceptable for measuring the
gun noise.

The last statement needs an explanation. The customary
way of specifving the performance of a measurement system
is to state the frequency range for which the response is
uniform. Seldom is equipment rated for its range of rise
times: however, a simple engineering rule of thumb can be
explained which relates rise time to frequency response.
Consider an acoustic system responding to a 1000-Tfz signal
(1000 1z is chosen only to make the arithmetic easy). The
sound pressure fluctuates about the normal atmospheric
pressure in such a manner as to produce a compression and a
rarefaction in 1/1000 scc. (i.e., the wave has a period of one
msee). Remembering the shape of a sine wave, one can see
that the system responds to a change in sound pressure from
atmospheric to maximum compression in}4th of the pericd
or in Y{th msec. This can also be thought of as the ‘“rise
time’”" of the sine wave. Put another way, a 1000-11z signal
might be thought of as having a rise time of }4{the msec.

Suppose a measuring system was quoted as having a uni-
form frequency response up to 1000 Hz. (This upper fre-
quency of response is commonly referred to as the “cutoff
frequency.”) 1 the upper limiting frequency of this system is
1000 Hz, it is evident that the system could not respond cor-
rectly to changes that take place in less time than }4th msec.
Thus frequency response can be related to rise time response.

Wayne Rudmose is a group vice president of Tracor. Inc.,
located in Austin, Texas. The malerial of this series originally
appeared in the American Speech and Hearing Association
Reports 4 (February 1969).

Since impulse sounds from guns have rise times of the
order of a few usec, proper measurement requires a system
able to respond to rise times even shorter than a few msec.
Suppose the required rise time response is one psec, which
corresponds to the rise time of a pure tone of 250,000 Hz.
The upper cutoff frequency of the system then would have
to be at least as high as 250,000 Hz. [f the rise time to be
measured were shorter, the upper cutoff frequency would
have to be still higher.

It should be evident by now that to measure gun noise
requires special equipment. Microphones that arec most suit-
able for this type of system are the very small (1/8-in. di-
ameter) condenser types or ceramic types. Iligh quality
amplifiers and oscilloscopes with microsecond sweep rates
make up the remainder of the system. Photographic record-
ing of the oscilloscope wave pattern is the usual form of out-
put registration.

Returning to our comparison of gun and drop-forge noise,
the measurement of drop-forge noise does not require a system
with the extended high-frequency response required to
measure gun noise since the rise time of the pressure wave
for the forge noise is much longer than is the case of gun noise.
For the drop-forge measurement, a high quality microphone
and amplifier (response uniform to 15 or 20 kliz) would be
satisfactory, and afl that would be necessary would be to use
an oscilloscope as the output indicating device. The micro-
phones and amplifiers of most high-quality sound level
meters would be acceptable, but their indicating meters
would be unacceptable since they cannot respond to such
rapid changes, as was pointed out earlier.

\Vhen measuring gun noises where the frequency response
of the svstem must extend to such very high frequencies, it
should be remembered that the wave lengths of these acousti-
cal signals are very short. Since this is the case, many subtle-
ties arise in positioning the microphone and in making the
measurcments, 1t is sufficient to say that the mecasurement
of such impulse noises should not be undertaken by someone
unless he is very well grounded in physical acoustics.

Recently the sonic boom has become a topic of national
interest. Since this sound falls within the definition of an
impulse sound, it follows that instrumentation for the meas-
urement of sonic booms is sophisticated and in certain cases
quite complex and so the comments concerning gun noise
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measirement also apply to the measurement of sonic boom
noise.

[t may not have heen obvious, but the discussion on method
of data display changed significantly when the topic shifted
from the measurement of steady-state noise to impulse noise.
Measurements of steady-state noise normally vield anpli-
tudes as a function of frequencies. Mathematical techniques
developed by Fourier and Laplace show that it is possible to
represent i time-varving signal such as sound in at least two
ways. Amplitudes may be shown as a function of frequency
or as a function of time. It is possible to compute one rela-
tionship if the other relationship is known. The form of
repregsentation is normally dictated by the sound under in-
vestigation. In the case of impulse sounds. it is more con-
venient to represent the amplitude as a funetion of time
rather than to show the amplitude as a function of frequency.
The impulse noise generated by rifle fire usually produces a
very rapid compressional rise to a peak, followed by a rela-
tivehy slow rarefaction wave. The most relevant pressure
value in this type of noise is probably the peak pressure of
the initial compression. On the other hand, a sonic boom has
a time pattern with more of the appearance of a stretched
out "N." In this case, the pressure value most commonly
referred 10 represents the pressure difference between the
compressional peak and the rarefaction peak, a measure
sometimes referred to as peak-to-peak sound pressure. As
the various speakers present their papers. | am sure vou will
observe the many forms of presentation of physieal data
associated with the noises under discussion.

PHYSICAL MEASUREMENTS
IN NOISE CONTROL

Concerning the physical measurements related to notse
control, there are four major concepts I would like to define,
namely: absorption coefficient, reverberation tinze, transw:ission
loss. and noise reduction.

The absorption coeflicient of any material represents the
ratio of absorbed energy to the energy incident upon the
material. If the material is a perfect reflector. the absorption
coefficient is zero: and if the material is a perfect absorber.
the absorption coefficient is one. Absorption of sound is ac-
complished by generation of heat which results from the
movement of air particles against the surface of the absorbing
material. In any materiat, the more surface exposed to air
movement the greater will be the absorption. From a ma-
terials point of view, the design objective for high absorption
is to produce a fiber of very small diameter so that within a
given volume many more fibers can be packed and hence
much more rubbing surface area can be exposed to the air.

Thus the two principal ingredients are (1) the exposire of a
large amount of surface area to the sound; and (2) the move-
ment of air within the volume occupied by the material when
the sound wave strikes the material. This latter requirement
is often forgotten, and it accounts for the fact that even
though a material exposes a large amount of surface area, it
may not be an efficient absorber. This is especially the case
when 1 or 2 in. of absorbing material is attached directly to a
massive watl. As sound strikes the wall it is almost totally
reflected due to the large difference between the speed of
propagation of sound in the massive wall material compared
with the speed of sound in air. s a result of this very efficient
reflection, a pressure maximum is associated with the surface
of the wall. Also since the wall is massive and does not move,
the particle velocity at the wall is minimum. The nature of
compressional wave motion is that a velocity maximum
occurs at a tocation one-fourth of a wave-length removed

from a velocity minimum. If a low frequency sound. sav 125
Hz, strikes the wall, the particle velocity at the wall will be
essentially' zero. Since the wavelength of a 125 Hz signal is
approximately 10 ft.. the maximum particle velocity will
occur at a position approximately 214 ft. (one-fourth of a
wavelength) away from the wall. Thus the particle velocity
of the air within a distance of 2 in. of the wall will of necessity
be very small; hence the absorption will be low. If this same
2in. of material is spaced out away from the wall the particle
velocity: will be greater and thus the absorption by the ma-
terial will be greater. If one wishes to have a high absorption
coefficient for low-frequency sounds the depth of the absorp-
tive material must be great or the material must be spaced
out away from the wall. This is one of the major problems in
absorbing low frequency sound.

Reverberation is a term which the layman intuitively feels
he understands. Technically, the reverberation time of a
room is the time required for any sound to decrease in ampli-
tude by 60 dBB if the sound source is turned off and the sound
altowed to decrease by virtue of absorption within the room.
If the room has very little absorption (if all of the surfaces are
acoustically hard). a greater length of time will be required
for the sound to dissipate in the form of heat and hence the
longer will be the reverberation time: if the absorption within
the room is great, the reverberation time is shorter. From
the standpoint of noise control, the probtem is usually not
how long a time is required for the sound to diminish 60 d13
after the source is turned off. but what is the sound pressure
in the room while the source is operating. This is similar to
the concept of power available from a source. discussed
carlier. s the source continues to operate and radiate sound.
part of this radiated sound will be absorbed and eventually
a condition will exist where the amount of energy radiated
equals the amount of energy absorbed and the sound pressure
within the room will reach its steady-state vatue. It follows,
therefore, that the greater the sound absorption within the
room the lower will be the steady-state sound pressure with
a sound source such as a machine operating. Thus the rever-
heration time of a room is measured not for the purposes of
decay of sound but for the purpose of determining the average
absorption characteristics of the room. Once these are known
and once the sound power radiated by the source is known,
the sound pressure levels generated in the room by the source
can be calculated. Incidentally, these sound pressure levels
cannot be calculated from pressure measurements made
using the same machine operating in another room unless
the absorption characteristics of this second room are also
known.

Normally part of the problem of noise control is how 1o
prohibit sound from traveling from one room to another. .\
wall separating a room containing a noise source from a room
desired to be quiet can be characterized by its transmission
loss (TL). Transmission loss is a property of the wall itself,
and is defined as the ratio of the energy transmitted through
the wall to the energy striking the wall. To measure the
transmission loss of a wall, a noise source is placed in a rever-
berant or semireverberant room, one wall of which is the wall
under test. Un the other side of the wall under test (the
receiving room) there may be complete absorption Iy all of
the other wall surfaces (an anechoic chamber) or there may
be another semireverberant rocom. Since sound pressure
levels rather than energy levels are measured in hoth rooms
the data must be corrected on the basis of the size of the panel
under test and upon the absorption characteristics of the
receiving room. These corrections are necessary for the de-
termination of the transmission loss of a wall, and it must be
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kept in mind that the TL values listed for a wall structure
relate to the vransmission of energy. Energy transmission aned
sound pressure transmission are not the same thing.

In actual problems of noise control, the sound pressure
levels are of much greater interest rthan are energy levels.
he “real world™ problem is o reduce the SPL. of the noise
in the receiving room. The ditference in the sound pressure
levels in two rooius separated by a wall is delined as the noise
reduction (NR) in decibels of the wall. ‘I'hns a particular wall
will have Il values that ditfer trom NR values because the
NR values are functions of the wall and the roon. The an
alogy to electrical transmission problems is that sound pres-
sure correspoinds 10 voltage and in the transmission of ¢lec-
trical energy voltage may incrcase or decrease depending
upon the impedance across which the voltage is measurcd.
Voltage and power do not alwayvs change in the same manner.
Thus NR values mav he greater or less than T1. values de-
pending upon the wall size and the absorption in the receiving
OO,

If one knows the T'l. values of the wall and the reverbera
tion time of the receiving room. the sound pressure levels in
the receiving room can be caleulated provided the sound
pressure levels in the source room are known. The probletu of
noise control resolves itsell into knowing the sound power of
the source and the reverberation time of the source room in
order 10 calculate the sound pressure level in the source room
and knowing the T1. values of the wall and the reverberation
time of the receiving room the sound pressure levels in the
receiving room can be determined. One normally increases
the cfficiency of a wall as a sound barrier by making s Tl
value sinaller and smaller, i.c.. the less energy which gets
through the wall the smaller the T1. value. This implies that
more sound is retlected by the wall back into the source room,
and (o achieve this phenomenon there must be signilicant
ihiscontinurties of specd propagation in the wall with respect
1o the speed of propagation of sound in air as well as large
density discontinuities. Since T1. values are less than unity.
the Il values of TI. are negative; however; it is conmon
practice to omit the negative sign and refer to the dB vat
ues as the amount of wall attenuition.

Recently it has been agreed that a single rating of walls
can be stated in such a way as to make it meaningful. It is
obviously of little use to know the average value of "I'Ls meas
ured at frequencies covering the range of interest since the
average value provides no insight as to whether the wall is
‘good”” at certain frequencies and “bad’ at other frequencies.
Just as knowledge of a sound spectrum (@mplitude vs fre-
quency) is important, so is the knowledge of TI. versus fre-
quency for a wall important. The new single classilication of
rating walls is called *“*sound transmission class” (STC) and
relates 1o the frequency characteristics of a wall. Frequency
contours of T'l. have heen agreed upon and in general these
TL values, in decibels, rise from 125 to about 350 Hz av a
rate of approximately 10 d13/octave and then change 1o a
rate of about 3 dB3 ‘octave for {requencies of 350 Hz to 1500
Hz and remain uniform with frequency above 1500 Hz. The
STC rating of a wall is given as the uniform (flar} value of
this {requency contour for the higher frequencies. Thus a
wall with an STC value of 45 (B has transmission loss values
(actually artenuation values) which equal or exceed the fre-
quency characteristics of the standard contour which carries
the “45 dB" rating. Measurements of TL values are made
using one-third octave bands of noise rather than pure tones,

(Concluded next month)

THE SECOND THING WE DID WAS
MAKE A 16-TRACK TAPE CONSOLE
QUIETER THAN THE QUIETEST
ONE-TRACK TUBE SYSTEM BUILT.

The first thing we did was design JH5
solid state electronics. Because
without the one, you can’t have the
other—the JH5 has that many per-
formance, stability and dependabil-
ity improvements wired into it.

Now you’re saying, ‘‘Where am |
going to get the money for a new 16-
track console?” And the answer is,
you don’t have to.

Just let us convert the transports
you have (and save you a whole lot
of money), with JH5 modules.

That’s the beauty of it—the JH5
concept is completely modularized.
We can simply update your tube
tracks, or expand your entire system,
just by adding modules.

And if this isn’t good enough for
you...Well, okay, go ahead and buy
our ultra-quiet 16-track console.
There are lots more (plus some pretty
fantastic 1-, 2-, 4- and 8-tracks)
where this one came from. Which is

from... “:\

1140 North Flagler Drive/ Ft. Lauderdale
Florida 33304 / Phone: 305/ 524-4435

Circle 49 on Reader Service Card
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ow to Mic a Sports Broadcast

ELLIOTT FULL

Perhaps this could also be called “How
Not to Mic a Sports Broadcast””. The author
has been involved in a multitude of sports
broadcasts with and without the benefit of

an engineer—this over many years.

He has

thus solved a few problems and left a few
more unsolved.

apto staTioN KXIC AM/FM is the onh conunercial
station in this University city (lowa City) with
20,000 students. Since lowa is a big ten school, the
ol' gridiron is of prime importance. On the dayvs
teams meet, that are considered good at whatever game
they are plaving, we often have three separate feeds. One
for us and two for other stations. Our own game broadcasts
are fed to other stations around the state. With bad teams,
seasons, and times, we may have a 3 station network, With
winners this number may get up to 20. The number of
stations is also dependent on whether the contestants are
putting the ball over goal lines or just through hoops!

Technically, a sports feed involves: A—1 to 4 micro-
phones; B—an ‘“engineer” (sometimics optional); C—a
remote amplifier, carphones, pencils etc.; D—a broadcast
loop and a (spare) talk loop.

We have found that inserting an equalizer in the incoming
loop from the more distant stadiums noticeably improves the
broadcast sounds. Here are the usual wavs to mic a sports
broadcaster, none very successful:

1. Mic stand and mic on the table. He is often off mic and
covered by the crowd.

2. A very light mic mounted on his carphone band. Too
heavy, baddish quality, popping. and if it breaks, it's broken.

3. Mic on neck harness. Touchdowns and baskets are made
to the left and to the right where our hero is off mic and
competing unfavorably with the crowd.

4. Hand held microphone. Tt doesn’'t work if he tries to
throw it at the ref!

Into this miasma has come the saving graces of the pop
singer and the microphone designer. The pop singer faces an

Elliott Full is vice-president and chief engineer of KXIC A1 1]-
F) in Towa City, lowa,

audience similar to the sports audience, also often out of their
minds. The singer is usually paid better, and his living de-
pends on being heard and having good audio. Somehow this
mixture has come up with a new breed of microphone that
actually atlows the sportscaster to remain in contact with his
fans, most of the time.

The new mics differ one from the other, but the small,
switchable, pop proof, hand held, cardioid must have come
from heaven! Just tel jocko to stay in front of it and start
talking when the second hand reaches straight up. The fans
may sound like they are on a bad trip and the score 20-20,
with the bad guys five feet from pay dirt. If your instructions
are not grossly disobeyed. the listening audience may still be
with it and treated to a nearh- complete game. How does all
this add up to a good sports setup? Put the great little cardi-
oid on a goose neck instead of a mic stand. Fasten the goose
neck fitting to the table so the mic will swivel right, left and
center. Put a drop of oil on the fitting threads so they don't
wear out or squeak. Give the color man or men a similar mic
with an on-off switch so that they don't catch the engineer
with his pot down., Some of these neat mics have silent
switches so audio from the crowd noise mic easily covers up
any little thunk from the switch. Finally, the crowd noise mic,
no problem, this can be any of the many microphones that
faited the “sports test” in the last 10 vears. Cover it up
though, so that any slight breeze outside doesn’t cause the
v to go ofl scale.

The amplifier—why it’s a 10-vear old home built job that
has it's own limiting. It is equipped with 6ALS5, 12ANXT7's,
6386 etc.. remember? Naturally there is a battery, solid-state
standby unit available, just in case. Why hasn’t a manufac-
turer come up with a solid-state, limiting-remote amplifier.
This tyvpe of amplifier does cover for the engineer when the
score is 20-20 and theref, . .. ......, J

www americanradiohistorv com
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New Products and Services

MIXING CONSOLE

@ The Studer consoles are now avail-
able from U. S. stock. The maodel 089
is a compact twelve input, three channel
studio and broadcast unit with com-
plete cqualization, echo, filter, and pan-
pot facilities. The design is unusually
complete including talkback with speak-
er and amplifier, complete monitoring
including  20-watt  amplification and
speakers, a 20 o 20,000 Hz test oscil-
lator, remote control and  signalling
facilitiecs-——and even a built-in ashtray.
The console is collapsible and comes in
a ftted shipping case and may Dbe
powered from power lines of any stand-
ard available voltage or batteries.

Mfr.: Studer {dist. by Gotham Audio

Corp.)

Crrcle 34 on Reader Service Card

CASSETTE TAPE

o .\ new tape development is claimed

to make 1t possible to record extended

high  frequencles at cassette speed. A

new gamma ferric oxide is used, - i ==—
treme polishing of the tape surface im-
proves head contact and reduces head
wear. The new formulation utilizes
a needle-ltke shape as compared to the
rectangular shape of standard oxides.
This is states to permit eight times
greater density of magnetic particles,
improving resolution and reducing dis-
tortion and print through.

Mfr.: TDK Electronics Corp.

Circle 57 on Reader Service Card

LT

COLUMN SPEAKER

e lHigh power capability in excess of 230
watts is claimed for this six eight-inch
speaker system. Designated the model
I’L.-2530 Galaxy, the column also fea-
tures a *“‘sparkle producer’ horn mounted
on top. This is a high-power voice
speaker designed to carry vocals above
the tremendous amplification levels put
out by electric guitars. The svstem is
64 inches high and has a two-conductor
phone jack input. Impedance of the
column is 8 ohms,

Afr.: Allas Sound

Circle 52 on Reader Service Card.
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PROJECTOR CONTROL

o \Will Szabo of the audio visual engi-
neering firm bearing his name is here
presenting a new control consolette to
C. D. “Pete” Peterson, Manager of
audio visual and photography for Xerox
Corp. The unique circuit permits the
Kodak RA930 random access slide
projector to be used as a remotely con-
trolled sequential projector. It was de-
signed  for  the Nerox  Corporation
Board Reom in Rochester, N Y. Pro-
viding for two side-by-side images the
black box permits advance, reverse, and
focus functions to be controlled by push-
buttons on the executive control con-
solette Tocated at a lecturn or broad
table. A RA950 controller is built into
the consolette with all its functions
retained, the single controller having
aceess to both or either projectors.
When a sequential program is inter-
rupted for random aceess to any of the
162 slides, a memory restores both
projectors to their proper sequential
position when the program is resumed.
Mfr.: Wil Szabo Associates

Cirele 59 on Reader Service Card
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POWER AMPLIFIER

® 120 wati= continuous are offered by
the model SE460 amplifier. This is ac-
tually 60 watts per channel as this is a
sterco  amplifier.  Custom  equalizer
boards arc available that tailor the sig-
nal for the specifie speaker system con-
neeted to it Distortion is claimed to be
s0 low as to be the residuat of the test
instruments. Construction 1s all solid-

state.
Mfr.: Janes B. Lansing Sound
Cirele 33 on Reader Service Card.

Tup

i3

Standard TAPE TIMER $49.95
(7.5 and 3.75 — can also
be used at 15 in. sec.)

Professional High-Speed
TAPE TIMER $99.95
(7.5 and 15 in./sec.)

—_—_———— e ——— e —— i
)

| Timekeeper !
| P.O.Box 762, Mineola, New York 11501 I
|

| Plessesend . ........ Pro Model TAPE TIMERS at $99.95 cach. :
} Please send ........ .. Standard Model TAPE TIMERS at $49.95 each. :
| Shipping costs: $1.00 per order. |
{ Enclosed is a check for $................. :
o Name. ..o I
: CompPany . . o :
: Address. ... |
| City. ... State. ... .......... Zip......... :

Timers

TIMEKEEPER has the new Michael Scott TAPE
TIMERS in stock for immediate delivery. These
low-cost, high quality tape timers offer these
advantages:

® Easily mounted on any 14 inch tape machine.

® Accuracy within 2/1000 independent of tape
speed.

® Precision ball bearings - no need for lubrication
ever.

Save time and money by winding tape st high speed
with the same timing accuracy associated with
normal speeds.

Why use a TAPE TIMER in place of a stop watch?
Simply because the stop watch is independent of
the tape which itself is subject to elongation or
contraction plus other factors associated with
the recorder itself. Most important, the stop watch
cannot be rewound with the tape! Only a TAPE
TIMER moves with the tape so that you always
know where you are for eny editing, processing,
or revisions. [t is an indispensible tool for the serious
tape user. At this low price you can no longer
afford to be without one.

Each TAPE TIMER is fully guaranteed to meet
with your complete satisfaction or your money will
be promptly refunded.

TIMEKEEPER has an unusual variety of special
items particularly selected for the prolessional
audio field. Write for details and prices.

Circle 25 on Reader Service Card
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Today, a
college
education
is Y3 paid,
2/2 aid.

Student tuitions cover only one-
third of college operating costs.
If it weren't for the other two-
thirds derived from tax funds
and individual gifts, our colleges
would be out of business. You
can help a college help Amer-
ica stay in the lead. Give to the
college of your choice.

COLLEGE IS AMERICA'S
BEST FRIEND.

" advertising contributed for the public good

Brced]

varig
& 4,

<

Many readers do not realize that they
can also be writers for db. We are
always secking good, meaningful articles
of any length. The subject matter can
cover almost anvthing of interest and
value 1o audio professionals.

Are vou doing something original or
unusual in your work? Your fellow
audio pros might want to know about
it. {It's casy to tell vour story in db.)

You don’t have to be an experienced
writer to be published. But vou do need
the ability to express vour idea fully,
with adequate detail and information.
Our editors will polish the story for vou.
We suggest vou first submit an outline
so that we can work with vou in the
development of the article.

You also cdon’t have to be an artist,
we'll re-do all drawings. This means we
do need sulficient detail in vour rough
drawing or schematic so that our artists
will understand what vou want.

It can be prestigious to be published
and it can be profitable too. All articles
accepted for publication are purchased.
You won't retire on our scale, but it can
make a nice extra sum for that special
occasion.
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PACKAGED
SOUND
SYSTEM

o Maodel VA302 is designed to meet
the most  exacting  requirements  in
cither a portable or permanently in-
stalledd sound system. The package con-
sists of a console/amplifier and two
speaker columns. The console has six
input channels, each channel with its
own volume, treble, hass, and reverb
in-out controls. Ilach channel is fur-
ther adjustable by its own attenuator
switch for optimized amplification char-
acteristics of various program material.
Master controls are also provided.
Four anti-feedback switches are in-
cluded. The system delivers 100 watts
RMS Continuous. The speakers cach
contain two 10-inch drivers, and four
cight-inch units for at total speaker
cone area of 358.14 square inches. Low
impedance microphones are to be used
with the system.

Mfr.: Shure Brothers, Inc.

Price: $1095.00

Circle 58 on Reader Service Card

DIGITAL
FM TUNER

@ Model 804 uses digital readout to
replace conventional f.m. tuning. The
frequency of the station tuned is
flashed on readout tubes. Tuning is in
single-step moves upward along the
f.m. dial with a center-channel stop
made at every frequency for which
there could be a carrier. Tuning is
crystal accomplished. The unit con-
tains a crystal frequency syvsnthesizer
that produces 100 scparate and stable
crystal-controlled frequencies that ex-
actly conform to the 100 possible f.m.
station positions between the band
extremes. The tuner can be manually
or rapidly swept upwards with stops
possible every 0.2 mliz. The full 100
channels of the f.m. band can be swept
in about five seconds. Tuning is always
thus precisely on the center of every
channel—even without a carrier present
to guide the tuner—and may be remote
controlled or clock programmed. Con-
struction is all solid-state (except for
the readout tubes) and features circuit
designs for the highest state-of-the-art
performance characteristics, in  both
regular and stereo f.m.

Mfr: C/ M Laboralories

Price: approximalely $1000 (avail. spring

1970)

Circle 60 on Reader Service Card

Harvey’s has a
studio fader that
combines the
best qualities of
spaghetti, satin
and mice.

The more channels you add to your
consoles, the larger they become, unless
you find a way to make the equipment
smaller. Which is where Harvey’s can
help you.

We’ve got a straight-line studio fader
that, while it’s not quite as thin as
spaghetti, comes closer than anything
else we’ve seen. It was made by Penny and
Giles, who adapted a conductive plastics
technique they used so successfully in
the design of precision potentiometers
for the aerospace and computer
industries in England.

The ncw Penny and Giles fader offers
lots of advantages over conventional
slide-wire faders. For one thing, it’s as
quiet as a mouse (there’s minimal
extraneous electrical noise). And its feel
is smooth as satin.

Each fader comes with a cue switch
and an auxiliary equipment switch which
may be used to start or stop tape
machines, telecine equipment, turn-
tables, signal lights, etc.

The new device, available in America
exclusively at Harvey’s, has gained wide
acceptance in Europe, where it’s
recognized as being not only narrow,
smooth and quiet, but reliable as Big
Ben, besides.

Harvey Radio Co.

Professional A/V Division, 2 West 45th St.,

New York, N. Y. 10036. (212) JU 2-1500.
Circle 26 on Reader Service Card
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As a4 service to our readers we are pleased
to offer these books from prominent tech-
nical publishers. All prices listed are the
publishers' net. Shipping charges are
included.

Use the coupon at the bottom of the page
or give the complete title, author and coupon
number. Be sure to indicate quantity on the
special instructions line if more than one
copy of a title is wanted. Full payment must
accompany your order. We cannot ship
c.0.d. Checks or money orders should be
made payable to Sagamare Publishing Com-
pany, Inc. Because of the time required to
process orders, allow several weeks for the
receipt of baoks.

Broadcasting

RADIO BROADCASTING

edited by Rabert L. Hilliard. Each of the five
chapters has been written by a prominent
educator with an extensive background of
practical experience in commercial and edu-
cational broadcasting The areas covered in-
clude: management and programming, oper-
ating and studio facilities, producina and di-
recting. writing, performing. For those of you
who want to, or must, operate on both sides
of the control room, this is virtually required
reading. 190 pages; 634 x 914, indexed:
clothbound.

$6.95 ($8.35 in Canada)
Circle 2 on Coupon Below

Reference

New 17th Edition of the lamous

RADIO HANDBOOK

Tells how to design, build and operate the
latest types of amateur transmitters, receiv-
ers, transceivers, amplifiers and test equip-
ment. Provides extensive, simplified theory
on practically every phase of radio. Broad
coverage; all original data, up to date, com-
plete. 847 pages.

$12.95 ($15.50 in Canada)

Circle 10 on Coupon Below

Sagamore Publishing Company, Inc.

How To

PRACTICAL PA GUIDEBOOK: HOW
TO INSTALL, OPERATE AND SERVICE
PUBLIC ADDRESS SYSTEMS

by Norman H. Crowhurst. 1967. This book
gives all the basics needed to become ¢ suc-
cessful PA operator, in any situation where
the reinforcement, relay, or distribution of
sound can provide a service. It shows how to
properly install, operate and service public
address systems. All aspects of the subject,
from survey to the selection of appropriate
equipment, to installation, to routine opera-
tion and the maintenance of a finished sys-
tem, are covered. Attention is given to solv-
ing problems encountered in providing suc-
cessful service. The book's systemeatic and
practical approach makes it highly useful to
radio-TV servicemen, hobbyists, and PA
equipment manufacturers. 136 pages; 6 x 9;
illus; softbound.

$3.95 (54.60 in Canada)
Circle 15 on Coupeon Below

CLOSED-CIRCUIT

TELEVISION HANDBCOK

by Leon Wortman. Gives comprehensive
detailed information about the field in an
easy-to-understand presentation. [t's par-
ticularly suited to those who plan to use,
install, and service cctv. Covers the subject
from the simple single-camera system to the
most exotic systems. 288 pages; 514 x 81%;
clothbound.

$5.95 ($6.75 in Conada)

Circle 18 on Coupon Below

Electronic Music

ELECTRONIC MUSICAL INSTRUMENTS
by Richard H. Dorf. Now in its third edition
and sixth printing since its first appearance
in 1954, this is considered the authority on
electronic organs. This edition is completely
rewritten to explain everything technical
about today's organs. The book is of special
value to organ designers and service tech-
nicians as well as electronics-minded hobby-
ists and prospective organ purchasers. OFf
special value are the author’s many practical
comments and expressions of opinion based
on his years of musical, engineering, and
management experience with electronic
musical instruments. 393 pages; 239 dia-
grams and photographs.

$10.00 ($11.95 in Canada)

Circle 19 on Coupon Below

980 Old Country Road, Plainview, N.Y. 11803
Please send me the books | have circled below. My full remittance in the amount

|
l
of$......... is enclosed. N.Y. State residents add 5% sales tax. |
19293456789 10 11 12 13 14 15 16 17 18 19 20 21 99 |
23 24 25 26 927 98 929 30 31 392 33 34 35 36 37 38 39 40 |

|
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General Audio

THE TECHNIQUE OF

THE SOUND STUDIO

by Alec Nisbett. This is a handbook on radio
and recording techniques, but the principles
described are equally applicable to film and
television sound It describes how the high-
est standards may be achieved not only in
the elaborately equipped studio but also
with simple equipment out on location. 264
pages; 60 diagrams; glossary; indexed; 5%
x 814; clothbound.

$10.50 ($11.95 in Canada)

Circle 1 on Coupon Below

DESIGN OF LOW-NOISE
TRANSISTOR INPUT CIRCUITS

by William A. Rheinfelder. 1964. Written
for students as well as circuit design engi-
neers interested in ow-noise circuit design.
Throughout, the book gives a multitude of
time-saving graphs and design curves for the
practical circuit designer. Simple derivations
of all important formulas are also presented
to help the reader obtain a deeper insight
into the fundamentals of practical low-noise
design. 128 pages; 6 x 9; illus.; clothbound.
$5.50 ($6.50 in Canada)

Circle 14 on Coupon Below

THE AUDIO CYCLOPEDIA

(2nd EDITION)

by Dr. Howard M. Tremaine. New and
updated, here is the complete audio refer-
ence library in a single volume. It provides
the most comprehensive information on
every aspect of the audio art. This new
edition includes the latest audic develop-
ments including the most recent solid-state
systems and integrated circuits. [t covers all
subjects in the fields of acoustics, recording,
and reproduction with more than 3400
related topics. Each topic can be instantly
located by o unique index and reference
system. More than 1600 illustrations and
schematics help make complicated topics
masterpieces of clarity. 1760 pages; 614 x
9-3/8; hardbound.

$929.95 ($35.95 in Canada)

Circle 20 on Coupon Below

ACOUSTICS—ROOM DESIGN

AND NOISE CONTROL

by Michael Rettinger. 1968. The enormous
problems and hazards presented by noise
are dealt within an orderly and practical
manner. With many charts, graphs, and
practical examples, the text covers the
physics of sound, room acoustics, and de-
sign, noise and noise reduction. The author’s
many years of experience in the field and
extensive knowledge (set down in two
earlier books on acoustics) make this work
a boon to architects, builders, designers,
planners, and engineers. 399 pages; hard
bound.

$17.50 ($20.90 in Canada)

Circle 21 on Coupon Below
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HANDBOOK OF ELECTRONIC TABLES
& FORMULAS, (3rd Edition)

A one-stop source for all charts, tables, for-
mulas, laws, symbols, and standards used in
electronics. Devotes complete sections to
items of interest to service technicians and to
circuit design data. Includes a 8-page, full-
color fold-out chart showing latest FCC allo-
cations for the entire frequency spectrum.
239 pages; 514 x 814, hardbound.

$5.50 ($6.60 in Canada)
Circle 8 on Coupon Below

Test and Maintenance

INTERMODULATION AND
HARMONIC DISTORTION
HANDBOOK

by Howard M. Tremaine. A complete refer-
ence guidebook on audio signal intermodu-
lation and harmonic distortion. 172 pages;
53¢ x 814; softbound.

$4.25 ($5.25 in Canada)

Circle 9 on Coupon Below

Circuitry and Components

PASSIVE AUDIO NETWORK DESIGN
by Howard M. Tremaine. A complete and
comprehensive guide to the design, con-
struction, and testing of all types of attenu-
ators, ecualizers, and wave filters for the
practicing audio technician or engineer. This
authoritative text is one of the few written
on the subject, and requires only nominal
mathematical background. “Written in easy-
to-understand language, the content presents
the basic design, construction, and testing
considerations without the confusion often
associated with passive networks, 288 pages;
53¢ x 814, softbound

$5.50 ($6.45 in Canads)

Circle 5 on Coupon Below

TRANSISTORS FOR AUDIO
FREQUENCY (AUDIO-FREQUENCY
AMPLIFICATION)

by Guy Fontaine. 1967. This systematic and
detailed treatment of the application of tran-
sistors in audio-frequency amplifiers shows
how the published transistor characteristics
are related to the principles of design. To as-
sure clarity, the figures are rendered in seve
eral colors and placed opposite the related
text. Simple equations reinforce the lucid ap-
proach. An ideal textbook or reference on the
subject for engineers and advanced techni-
cians. 384 pages; 534 x 8, illus.; clothbound.
$7.95 (3$9.55 in Canada)

Circle 12 on Coupon Below

ACOUSTICAL TESTS

AND MEASUREMENTS

by Don Davis. Provides a solid understand-
ing of the entire subject of acoustical meas-
urements; based on actual field test work,
using commercial equipment., Contains prac-
tical, time-saving solutions to actual problems
encountered in the field; minimum math is re-
quired for understanding. The author is an
expert in this field, and an authority on audi-
torium acoustics. An invaluable book for
phone company special service engineers,
plant maintenance engineers, communica-
tions engineers, noise control specialists, ar-
chitectural engineers, broadcast engineers
and technicians, hi-fi fans and students. 192
pages; 534 x 834, hardbound.

$6.95 (38.35 in Canada)

Circle 7 on Coupon Below

Classified

Closing date is the fifteenth of the second
month preceding the date of issue. Send
copy to:

Classified Ad Dept.

db

THE SOUND ENGINEERING MAGAZINE
980 Old Country Road

Plainview, New York 11803

Rates are 50c a word for commercial adver-
tisements. Non-commercial and employment
offered or wanted placements are accepted
at 95¢ per word.

FOR SALE

SCULLY TAPE RECORDERS — one to
twenty-four track and model 270 auto players,
many models in stock for immediate delivery.
SCULLY LATHES — Previously owned and
rebuilt. Variable or automatic pitch. Com-
plete cutting systems with Westrex heads.
MIXING CONSOLES — Custom designed
using Wiegand Audio Lab modules. From
$7,000.00. Wiegand Audio Laboratories,
3402 Windsor Road, Wall, New Jersey
07719. Phone: 201 681-6443.

SOLID-STATE AUDIO PLUG-IN OCTAL
(1" Dia x 2" H) modules. Mic preamps, disc
& tape preamp-equalizers, tape bias osc. &
record ampl., power amps & power sup-
plies. Send for free catalog and audio ap-
plications. Opamp Labs., 172 So. Alta
Vista Blvd., Los Angeles, California 90036.

TWO TAPATHON 709 “Librarian™ back-
round music tape players with interspersin
eature. Used, good condition. (801

278-6249.

AMPEX 952 TAPE RECORDER. Perfect
condition, recently factory overhauled.
$‘I_5'(2.3 FOB Box 826, Huntington, N. VY.
11 .

AT LAST! A headset designed specifically
for studio use. Single phone with adjustable
headband and vinyl cushion has 2000 ohm
impedance. Rugged 20 foot cable is super
flexible. $9.95 ea. Quantity discount avail-
able. Studio Engineering Consultants, 19123
Castlebay Ln., Northridge, California 91324

EMPLOYMENT

PROFESSIONAL RECORDING PERSON-
NEL SPECIALISTS. A selective service for
employers and job seekers: engineers, tape
editors, production and studio magrs, traffic
assts, etc. Call us today! Smith's Personnel
Service, 1457 Broadway, N.Y.C. 10036.
Alsyne Spertell 212 WI 7-3806.

JOIN A TEAM. We're seeking the best
minds in the professional audio industry.
Openings exist in Engineering Manage-
ment, R & D, and Project Engineering. Ex-
tensive experience and/or BSEE required.
These are rewarding positions, with creative
challenge, and responsibility. Please send
resume with salary requirements to Box 3A,
db Magazine, 980 Old Country Road,
Plainview, N. ¥. 11803,

YOUNG SALES ENGINEER needed by
reputable manufacturing firm of professional
audio equipment. Some knowledge of
application engineering. Opportunity for
advancement. Little travel, offices in New
York City. Write Box 1A, db Magazine,
980 Old Country Road, Plainview, N. Y.
11803.

SERVICES

WHATEVER YOUR EQUIPMENT NEEDS
— new or used — check us first. Trade your
used equipment for new. Write for our
complete listings. Broadcast Equipment &
Supply Co., Box 3141, Bristol, Tenn. 37620.
CUSTOM STYLUS — cartridge re-tipping,
re-building,  replacements.  International
Audio Stylus Corp., 111-D Lake Ave.,
Tuckahoe, New York, 10707 (Telephone:
(914) SP9-1297.
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People, P\oces, Happenings

® Elsewhere in this issue are dates,
times, and the place for the West Coast
AES Convention. Full details, show
map, paper, ete. will be in the \pril
issue.

e The Midwest Acoustics Confer-
ence will be held on Thursday. \pril
16th at the auditorium of 1llinois Insti-
tute of Technology Research Institute.
The Institute is located in Chicago,
Illinois. The Midwest Acoustic Con-
ference is sponsored annually by the
IEEE Chicago Acoustics and Audio
Group, the AES, and the Acoustical
Society of America. Contact Dan
Queen, Perma-Power Company,
5740 North Tripp, Chicago. lllinois
60646 for additional information.

e Final plans have been announced
for the tenth annual United States
Institute for Theatre Technology
(USITT) Conference to be held April
15-18 at the Barbizon-Plaza Hotel,
New York City. Panels at the con-
ference will discuss sound reproduction
and reinforcement for theater staging.
for dance, a review of the National
Electrical Code as it affects theaters,
new equipment and procedures in tech
nical production, and the architecture
and psychology of aesthetic distance,
There will be tours of a major scenic
studio, theater facilities at the new
Julliard complex at fi.incoln Center,
and a Broadway theater. Additional
information is available by writing
USITT Conference, 245 West 52nd
Street, New York, N. Y. 10019,

@Sidney R. Goldstein has joined
Parasound, Inc. as national manager
in charge of Parasound’s products and
services. Specifically, he will be in charge
of promoting Paul Beaver and Bernard
L. Krause Moog Synthesizer recording
and broadcast commercial services and
the complete line of Orban/Para-
sound Stereo Synthesizer products.

® Production and plant management
at the speaker manufacturing plant of
EPI is now the responsibility of James
Gorman according to an announcement
by company president Winslow N.
Burhoe. Mr. Gorman comes to EPI
with twelve vears experience at Acous-
tic Research, Inc., the last four of
which were in the position of assistant
production manager.

e Don Davis has been promoted to
director of commercial sound products
for Altec Lansing of Anaheim, Cali-
fornia. Prior to this appointment he
was most recently manager of Altec’s
Acousta-V'oicing process of which he is
one of the co-inventors. Don Davis
has been with Altec since 1959 and has
served as a regional sales manager,
national sales manager of audio controls,
and manager of Acousta-\'oicing. He is
also a past western-vice-president of the
AES, and has been a western conven-
tion chairman. He is currently on the
board of governors of the ALS. He is
also a member of the SMPTL and the
Acoustical Society of America. In his
new position he will coordinate and
direct all marketing and sales activities
for all audio controls, commercial sound,
and Acousta-Voicing products.

3V

@ Sharyl Story has joined Audio Mag-
netics Corporation as manager of
marketing services, Ray Allen, vice-
president/sales, announced today.

Miss Story will coordinate the sales
department and promotional activities
for Audio Magnetics, one of the na-
tion’s largest manufacturers of cas-
settes.

Prior to joining the company, Mliss
Story was marketing services manager
for Allen Jones Electronics, Inc. in
Gardena.

—_—
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@ Peter McDonald, president of Uni-
versal Education and Visual Arts,
recently announced two key organiza-
tional appointments. Leo B. Guelpa
has heen promoted to assistant vice
president for research and production,
and Dr. Alfred Roman has been pro-
nwotect to director of research and de-
velopment, the post formerly held by
Mr. Guelpa.

In his new position Mr. Guelpa will
work closely with members of the com-
pany’s expanding film production and
rescarch and development departments
in order to provide the necessary con-
tinuing liaison between these two op-
crations. He will coordinate the activi-
ties of the two departments, especially
in the areas of curriculum trends and
forecasts, educational film acquisitions,
and supplemental film materials.

Dr. Roman is now responsible for
the direction and evaluation of all
educational film research and develop-
ment programs. including product plan-
ning, product development, and product
acquisition. This includes supervision
of the company's advisory committee
of leading educational consultants lo-
cated in schools and universities through-
out the world.

o Shelby F. Young has been named
president of Allied Radio Corpora-
tion of Chicago. Mr. Young who is 33
succeeds Willlam E. Cowan, 58, who
resigned as president of Allied and as a
director of LTV Ling Altec, Inc. of
Dallas, Allied’s parent organization.
Although Allied Radio has been in
business for 49 vears, Mr. Young is only
the third man to hold the presidential
title. Prior to this promotion, he was
general manager of Allied's consumer
division which included both mail
order and retail store sales. Allied now
has 36 retail outlets, mostly in the
midwest, though two are in Texas.
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THANK YOU
WILLI
STUDER

Seldom has a tape recoder captured the immediate and

whole hearted acceptance of the audio fraternity as has
the Revox A77.

Willi Studer has been designing superlative magnetic recording
equipment for the broadcasting and recording industries

for years. The A77 is his latest—a great machine that
outperforms recorders costing up to three times as

much. Specifications and performance are a joy. Want details?
Write us for full particulars.

And again thank you, Willi Studer,
for another magnificent product.

HEVOX delivers what all the rest only promise.

Revox Corporation, 212 M reols Avenue Newy YO's NY 11577 In Canada Tri-Tel Assoc-ates, Lid, Toronto, Canada

Cirele 11 on Reader Sevoice Card
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In just a few short months the

Electro-Voice Model 676 has
gained quite a reputation as a problem
solver —no matter what the odds. Now
the 676 has a tcammate. The Model
674 has the same unique backbone thit
rejects unwinted sound...an exclusive

withContinuously Variable-D(CV-12)™™-

microphones from Electro-Voice. And
the improvement in performance is dra-
matic.

Troubled with feedback or interfer-
ing noise pickup? Most cardioid micro-
phones cancel best at only one fre-
quency—but CV-D* insures a useful
cardioid pattern over the entire re-
sponsec range. And its small size means
the pickup is symmetrical On any ais.

Bothered by rumble, reverberation,
or toss of presence? A recessed switch
lets you attenuate bass (by S or 10db
at 100 Hz) 1o stop problems at their
source. And there’s no unwanted bass

Lid RS

The microphone
with backbone...

MODEL 676

boost when performers work ultra-close.
CV-D climinates this " proximity effect™
s0 common to other cardioids.

Wind and shock noise arc almost
completely shut out by the CV-D de-
sign. Efhicient screening protects against
damaging dust and magnetic particles,
and guards against annoying ““pops’.

As for overall sound guality. only
expensive professional models compare
with the 676 and 674, The exclusive
Acoustalloy® diaphragm gets the credit.
It's indestructible—vet low in mass to
give you smooth, peak-free, wide-range
response with high output.

The Model 676 slips casily into its 17
stand clamp for quick. positive mount-
img. The fine balance and shorter length
of the 676, and absence of an on-off
switch makes it ideal for hand-held or
suspended applications.

The Model 674 offers identical per-
formance but is provided with a stand-

ELECTRO-VOICE, INC., Dept,, 302BD, 686 Cecil Street, Buchanan, Michigan 49107

Circle 12 on Reader Service Card
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now has a
staunch new
companion!

MODEL 674

ard mounting stud and on-off switch.
Either high-or balanced low-impedance
output can be selected at the cable of
both microphones.

Choose the 676 or 674 in satin chrome
or non-reflecting gray finish for just
$89.00. Gold finish can be ordered for
$5.50 more (list prices less normal
trade discounts). There is no better way
to stand up to your toughest sound
pickup problems. Proof is waiting at
your nearby E-V sound specialist's. Or
write for free catalog of Electro-Voice
microphones today.

An important fooinote: There 1s no time limit 10
our warranty! If an E-V microphone should fail,
just send it to us. If there’s even a hint that our work-

manship or materials weren't up 10 par, the repair is
no charge —even decades from now! Fair enough?

*Patent No. 3,115,207

ElecthoYores

SETTING NEW STANDARDS IN SOUND
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