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- The high price.

For under $200; you can
now own the direct-drive PL-510. .

*For informational purposes only. The actual resale prices will be set by
the individual Pioneer dealer at his option.
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The best way to judge the new
Pioneer PL-510 turntable is to pre-
tend it costs about $100 more. Then

see for yourself if its worth that kind

of money.

First. note the precision-
machined look and feel of the
PL-510.

The massive, die-cast, alumi-

drive or even belt drive. The PL-510
is truly the inaudible component a
turntable should be.

Vibrations due to external
causes, such as heavy footsteps, are
completely damped out by the
PL-510"’s double-floating suspen-
sion. The base floats on rubber in-
sulators inside the four feet. And the

num-alloy platter
gives an immediate
impression of quality.
The strobe marks on
the rim tell you that
you don't have to
worry about perfect
accuracy of speed.
The tone arm 1s made
like a scientific in-
strument and seems
to have practically no
mass when you lift it
off the arm rest. The
controls are a sensu-
ous delight to touch
and are functionally
grouped for one-
handed operation.

Turntable:
Direct drive

motor

Strobe light

suspension
loss rubber
controls

Tone arm:

design
Static balance

contact

Brushless DC servo-controlled

33% and 45 RPM speeds

Strobe-calibrated platter rim
+2% fine adjustment of speeds
Double-floating system of

Turntable mat of high-internal-

One-handed operation of

Lightweight S-shaped tubular

Ball-bearing pivot with angular

Anti-skating device

Lateral balancer
Direct-readout counterweight
Viscous-damped cueing
Lightweight plug-in headshell

turntable chassis floats
on springs suspended
from the top panel of
the base. Stylus hop-
ping and tone arm
skittering become
virtually impossible.

(Even the turntable
mat is made of a special
vibration-absorbing
material.)

But if all this won't
persuade you to buy a
high-priced turntable,
even without the high
price, Pioneer has three
other new models for
even less.

The PL-117D for

But the most expensive feature
of the PL-510) is hidden under the
platter. Direct drive. With a brush-
less DC servo-controlled motor. The
same as in the costliest turntables.

Thats why the rumble level is
down to -60 dB by the JIS standard.

(This is considerably more stringent
than the more commonly used DIN

“B” standard, which would yield an
even more impressive figure.) And
thats why the wow and flutter
remain below 0.03%. You can't get
performance like that with idler

under $175% The PL-115D for under
$125% And theamazing PL-112D for
under $100%

None of these has a rumble level
above -50 dB (JIS). None of them
has more wow and flutter than
0.07%.

So it seems that Pioneer has
also conquered the one big problem
of low-priced turntables.

The low performance.

U.S. Pioneer Electronics Corp.,
75 Oxford Drive, Moonachie,

New Jersey (07074.

WPIONEER

Anyone can hear the difference.

Check No. 32 on Reader Service Card
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THE SOURCE OF PERFECTION

INSTEREO SOUND...
PICKERING'S ALL NEW

X$V/3000

It features a totally unique
SECTION “A-A” THRU SECTION “B-B” THRU

construction (developed by ELLIPTICAL STYLUS STEREOHEDRON STYLUS
Pickering through our pioneering

efforts in discrete, 4-channel) plus
atotally new stylus tip shape,

the Stereohedron™, which has
superior tracing ability and assures
longer stylus and record life!

This new cartridge makes possible a wider, more CONTACT LINE CONTACT LINE
open, finer sound — because it maximizes stereo AT RECORD AT RECORD

tracing capabilities with the slightest, lightest touch
a record ever had. It increases record life because

: Conventional elliptical styli have a relatively limited bearing radius at the con-
force is spread over a greater contact area. And that tact area with the groove. The Stereohedron combines the elliptical and
means the least record wear achievable in these Quadrahedron concepts to create a stylus having a larger bearing contact

times (with a stereo cartridge).

radius at the area in order to reduce stylus wear and prolong record life.
For turther information write to:

Pickering & Co., Inc. Dept. A @

101 Sunnyside Bivd., Plainview, New York 11803 “for those who can the difference”

Check No. 31 on Reader Service Card



The Best

Al Empire we

make a complete line
of phono cartridges.
Each one has slightly
different perform-
ance characteristics
which allow vou to
choose the cartridge
most compattible to
your lurmaH)le.

There are, how-
ever, certain advan-
tages, provided by
Empire's unique
design, that apply o
all our cartridges.

One 1s less wear on
your records. Unlike
other magnetic cart-
vidges, Empire’s

moving 1ron
design allows the %
diamond stylus to

float free of its magnets and

coils. imposing much less weight on
vour record’s surface and insuring
longer record lite.

Another advantage is the better
channel separation vou get with Empire
cartridges. We use a small, hollow iron
armature which allows for a tighter fit in
1ts positioning among the poles. So,
even the most minute movement is
accurately reproduced o give vou the
space and depth of the origmal record-
ing.

Finally, Empire uses 4 coils, 4 poles,
and 3 magnets (more than any other
cartridge) for better balance and hum
rejection.

The end result is great listening.
Audition one for yourselt or write for
our free brochure, “How To Get The
Most Out Of Your Records™. After you
compare our performance specifica-
tions we think you'll agree that, for the
money, vou can't do better than Empire.

Empire Scientitfic Corp.

Garden City, New York 11530

Already your system
sounds better.

S B (/77 PR e Sy ¢ TR
Check No. 14 on Reader Service Card

Record Grove
Deformation

Q. | recently read that after playing
a record you should wait at least an
hour before replaying it. Is there any-
thing to this?—T.C. Williams, Ala-
mosa, Colo.

A. Vinyl material, used as the main
ingredient in phonograph records, is
soft. The force exerted on the groove
walls by the stylus, especially at high
frequencies, can be tremendous. This
force results in a deformation of the
groove walls. Vinyl, however, has a
memory and will slowly return to its
original position after a time.

When the disc is played over and
over again, however, the material will
not have an opportunity to “spring
back” into its normal shape. The long-
er it is prevented from doing so, the
less likely it can ever completely re-
turn to its original condition.

Deformations of the kind we are
discussing will ultimately result in dis-
tortion at high frequencies, much like
the sound of a worn stylus. This de-
formation will produce audible ef-
fects even though the disc will still
play with little background surface
noise.

Microphones and
Transformers

Q. On most commercially made PA
mixers, there are both lo-Z and Hi-Z
mike inputs. Is the purpose of these
transformers on the Lo-Z inputs to
step up the signal from a Lo-Z mike
for the Hi-Z inputs of the mix-
er/preamp? What then is the relation-
ship of the mike, the line transformer,
and the two inputs?—T. Young, Tho-
maston, Conn.

A. A Lo-Z mike with a long run of
cable will need the transformer for
feeding into the Hi-Z input because of
the need for higher input voltage and
to insure against loss of the signal.
with a long run of cable, Hi-Z mikes
should not be used because with
lengths of 20 feet there will be a high
frequency loss of up to 6 dB at 10 kHz.

if you have a Lo-Z mike and mixer
with the option of using low imped-
ance inputs, by all means use them.

Audioclinic

This will mean that you don’t need the
transformer. The transformer may ac-
tually be located in the mixer already,
or at least the functions of the trans-
former are taken care of by appropri-
ate circuitry.

Hiss In a
Reverb Amplifier

Q. | have a reverberation amplifier
which produces a bad “hiss” when
the “reverb time” control is turned up
to its halfway point or higher. If the
reverb is off but the power is still on,
there is no “hiss.” Once the reverb
has been turned either to its “on” or
to its “record” mode, and with the
“reverb time” control turned up as
described, the “hiss” starts again. I’ve
tried changing my inputs and tried
grounding arrangements, but this
“hiss” is always there. Is there any-
thing I can do to overcome this prob-
lem?—Sgt. Herm Rosario, APO, San
Francisco, Cal.

A. When the reverberation control
is advanced, what actually takes place
is that a signal from a high-gain ampli-
fier is mixed with the “non-rever-
berant” signal. High-gain amplifiers
can often be noisy, either because of
inherently poor design or defective
circuit elements. The most common
problem is a noisy input transistor. |
suggest, therefore, that you change
this transistor. If the circuit is still
“hissy,” see if you can locate a transis-
tor which has equivalent electrical
characteristics, but an inherently low-
er noise level.

While any amplifier generates
noise, if there is a sufficient amount of
signal present, the noise will be mask-
ed. Thus, there is the possibility that
you are not feeding a sufficient
amount of signal into your rever-
beration system. Check the specs on
the unit and the source to see wheth-
er this is the case. 4

If you have a problem or question on tape record-
ing, write to Mr. Herman Burstein at AUDIO, 401
North Broad Street, Philadelphia, Pa. 19108. Ali
letters are answered. Please enclose a stamped, self-
addressed envelope.

AUDIO e DECEMBER, 1976



Dual owners gene-ally are more experienced than typical compcnent
owners. More thaa hall have owned another brand. Usually they have spent
more for records than a | the r audio equipment combinec. Thus, they need no
reminder that the turntable is the only component that hendles the recard. Or
that to compromis= with qua ity here can risk damage to their recorc collaction.

What Dual owners know .. ...
- 1 d d record.
about their turntables -7 o< o o
that you should know ... 5 o
W - long-term reliability is not :rer::slfﬁsi?su?;gufgsd,
about yours- but is inherent in the materials used, the care in

their assembly and the qual ty control employed in testing.

The mecharical feel of controls and switches, smoothness of tcnearm
movement and overail evidence of solidity are excellent clues to ¢ turntable’s
general pertforrmcnce. Dther clues are internal and not so easily appreciated.
IfyouownaDual, you know arecisely what we mean. If ycu don't. th2 examples
of Dual refinemants descrikzed below may be of interest and enlightenment.
They indicate wy you will appreciate some things about Dual right awcy, and
why others may toke years

United Audio Products, 120 So. Columbus Ave., Mt. Ve-non, N'Y. 10553 nual

Duol 1249. Single-play/mult -play, belt-drive turntable Al
with fully automat ¢ start and stop, plus continuous —d -)
plcy. Mode Selecter parallels sonearm to record e [g\—’*-

in single-play for cccurate vertical tracking (

Check No. 13 o0a Reader.Service Card




The S750
alternative.

SAE 2400 Professional Dual-Channel Power Amplifier

0200 Watts RMS, per channel,
both channels driven into 4 or
8 Ohms from 20Hz to 20KHz
at no more than 0.05% Total
Harmoric Distortion.

[J0.05% IM into 4 or 8 Ohms

O(signal to noise) greater than 100dB

Oplug-in board modules

Oforced air cooling

Oonly 11”7 deep

Oweighs less than 42 lbs.

Osuperb construction using only the
finest materials and component
parts

Oavailable in black rack mount (as
shown) or our traditional satin
gold and black

You'd have to look a long time to

find a power amplifier that delivers

this much value.

Scientific Audio Electronics, Inc.

P.O. Box 60271, Terminal Annex

Los Angeles, California 90060

Please send me the reasons (including available
literature) why the SAE 2400 Professional Amplifier
is the "$750 Alternative.

NAME - - S
ADDRESS _ TR

.....................................................

Check No. 36 on Reader Service Card

Herman Burstein

Dolby Update

Q. With the advent of Dolby equip-
ment and 4-channel stereo, | am won-
dering what will happen with the pre-
recorded open-reel tapes? Will the
record companies be issuing a lot of
their former tapes now Dolbyized and
later in a 4-channel format? If they
might, would it be better to wait and
not buy the tapes at the present mo-
ment?—W. D. Robertson, Vancouver,
B.C., Canada

A. I think that the present 2-channel
stereo format, using non-Dolby tapes,
will be around for a while. There is, of
course, a trend to the 4-channel for-
mat and to Dolbyizing everything in
sight, but it takes time to work out
problems and to secure industry
agreement on standards. Moreover, it
is not clear that the Dolby noise re-
duction system has permanently sew-
ed up the audio market. There are
some competitive systems, like dbx or
Burwen, which promise even greater
noise reduction than Dolby. Or, con-
ceivably, the Dolby system might be
modified to further reduce noise, but
all this takes time. In the meantime, it
seems a pity to consign yourself to an
indefinite waiting period and deny
yourself the pleasure of listening to
tapes you would enjoy. Furthermore,
when changes do come, there is usu-
ally a strong attempt to maintain com-
patibility with previous procedures, so
that there is a good chance that your
previously acquired audio equip-
ment, tapes, etc. will not be made ob-
solete.

Dolby vs. Burwen

Q. ! have read articles on the Dolby
and Burwen noise reduction systems,
but I’'m confused as to how the Bur-
wen system works. What enables it to
give such a greater noise reduction
than the Dolby system and at the same
time allow much lower recording lev-
els?—Wallace Bacon, FPO San Fran-
ciso, Cal.

A. The Dolby system operates on
the principle of boosting the treble
frequencies at low signal levels in
recording, and correspondingly de-
empbhasizing the treble frequencies at
low signal levels in playback, thereby
restoring flat response and at the
same time reducing noise that occurs
in recording and playback. The Bur-
wen system similarly employs treble
boost in recording and treble cut in
playback. In addition, it compresses
the recording signal and correspond-
ingly expands the playback signal.
Such compression permits a greater
degree of treble pre-emphasis in
recording, without overloading the
tape, than does the Dolby system.
Hence the Burwen system can appar-
ently achieve greater noise reduction.
In the above | have been referring to
the Dolby-B system widely used for
home application. For professional
use, the full-scale Dolby system di-
vides the audio range into four bands
and applies its noise reduction tech-
nique to each. Since noise is most ap-
parent in the treble range, the Dolby-
B system is quite effective.

Whistle Filter

Q. Could you please refer me to
some source which would give details
on making a filter to cope with my
tape recorder whistle? | have realign-
ed my tuner, a Dynakit FM-3, accord-
ing to the instruction manual, but |
get a high-frequency whistle on tape
when recording a stereo broadcast.
There is no whistling on mono broad-
casts. | tried feeding the tape recorder
from the “main output” jacks of my
preamp, with the scratch filter on.
This eliminated the whistle, but also
eliminated the high frequencies of
the audio signal. I’d appreciate your
help.—Sheldon lsaac, Phila, Pa.

A. When you have a specific prob-
lem with a specific component, it is a

AUDIO e DECEMBER, 1976



Beauty insound. By Fuiji.

Every Fuiji cassette means beauty and purity in sound. No hiss, no dropouts. Widest frequency response and dynamic |
range. Total reliability. Fuji high-fidelity cassettes such as the FX will give you the bes:- performance possible on your tape
recorder. Already widely recognized by experts as the finest cassette in the world. Fuji. The cassette of the pro.

FUJI Film
Pure-Ferrix ®

b xcltont Music Pertonnance




good idea to write first to the manu-
facturer of that component. In the
meantime, | suggest that you place a
trap tuned to 19 kHz across each out-
put of your tuner. This would consist
of an inductance and capacitance in
series, placed between the hot and
ground terminals. If you use an in-
ductance of about 10 mH, then you
would need a capacitance of about
0.007 uF. Given the value of induc-
tance, the required capacitance is cal-

culated from C = 25,000,000/L°F,

where C is capacitance in pF, L is in-
ductance in mH, and F is frequency in
kHz.

Preamp Problem

Q. | have been having a problem
with the record preamps of my tape
deck, which uses tubes. They have
been producing a quite audible dis-
tortion. The distortion is present be-

CWW THE PERFECT PRE-AMP

For “aqunl intensits

Sundeinfrimen Pogemep-by

FORTHE GREATNEW upfn-PUWE" AMPS!

Fora SUPER-SYSTEM, match she 2217 with any of these ¥RUE “State-of-thie-Art” amps —

. PJ'IASE LINEAR « 'SAE - CROWN ¢« DYNACO « AUDIO RESEARCH - CITATION .
e ESH. ¢ MARANTZ *+'SONY « KENWOOD « BOSE « QUATRE + BGW ¢

TASTIC! | CAN HARDLY BELIEVE MY EARS.., sy
VERSATILE & CLEAN-SOUNDING AND
LY LIKE THE SWITCHABLE PATCHING. "

SPECIAL FEATURES

« ALL PUSHBUTTONS INTERLOCKED to prevent inadvertent program destruction « DIS-
CRETE-OCTAVE EQUALIZATION CONTROL of ten octaves on each channel, ~12db each
actave » FULL-SPECTRUM LEVEL CONTROL for each channel « AUTOMATIC CONTINUQUS sase list an
MONITORING by light-emitting diodes for visual warning of overload In output circuits o Y suggested |ﬂ’lpmvements, changes, o
VISUAL ZERO-GAIN EQUALIZATION BALANCING on music, white noise or pink noise « SELEC- s, —7__ .
TION OF TEST LITES on or off » TAPE DUBBING BETWEEN TWO MACHINES, with optional %.y‘p,”a /
simultaneous equalizing and monitoring « DOUBLE-DUBBING into two recorders simulta- Em—
neously » SEPARATE SYSTEM-SELECTION enables full use of all other functions during
the dubbing operation « LINE OR TAPE equalization selector « AUTOMATIC EQUALIZER-
DEFEAT when tine or tape equalizer is not in use « FRONT PANEL TAPE input-output jacks
for easy 2nd and 3rd tape recorder hookup access « TAPE MONITORING of either tape at
any time « TWO stereo headphone jacks « MONO SELECTOR for left, right or both channeis
to both outputs « REVERSE-STEREO mode « TWO low-level phono inputs » FOUR independent
phono preamps » SIX A/C outlets, 4 switched, 2 unswitched o ELECTRO—PLATED FERROUS
CHASSIS — (eight sections) — provides opti ing to mi fietd-
coupling « SINGLE-POINT system ground imi; I d-loops « TWO REGU-
LATED power supplies

‘. 2 & o g

GUARANTEED SPECIFICATIONS

FREQ. RESPONSE — il level: = db, § Hz to 100 KHz
FREQ. RESPONSE — Phano: =14 db, 20 Hz to 20 KHz
THD: less than .059% at 1 volt (Typ  019% at 1 volt)
IM: less than 059 ut 1 voit (Typ. .019% at 1 volt)
ITY: 105my
00 ob twlow full cutput

84 db betow 1 10mv Input
SIGNAL-TO-NOISE — Equalizer: 106 d8 @ full output

GAIN — Ph db
et Reaivie

controis for left and right

i~ i ty gain compensation
E 0 lle R s INDIVIDUAL OCTAYE CONTROL RANGE: Minlmum, -£12 48 (lyp
14'd8), ne Sontsred at 30, 50,1120, 240, 480, 9 2
: 1520, S840 Too. wac 35350 1

S - MAX. OUTPUT SIGMAL farisble. n\nhr volums control sllows
NOW YOU CAN MAKE YOUR SYSTEM SOUND EXACTLY THE WAY YOU WANT T TO SOUND! &diustment of ptimum output to metch amllflz

In 3 few minutes, YOU can accurately “tune” the frequency responsa of YOUR sterso system and room environment to a e cioid platad for low-nolse,

flat =2 dbl All you need are YOUR OWN EARS and the Soundcrattsmen Equalizer (WITH ITS STEP-BY-STEP INSTRUC CIRCUIT BOARDS: Mllitary grade G-10 giass spoxy

TION RECORD} to transform any stereo system and room environment into an acoustically perfect concert halll Or, to

provide any special acoustical etfects you desire! The Soundcrattsmen Equalizer snables YOU to instantly compensate for

RESISTORS: Low-noise selacted carban-tiim
frequency response variations, IN SYSTEM AND ROOM.
' qou Y
ey
Lo LTI
& [ e

CABINET SIZE: 714" x 20" x 11%" desp
SHIPPING WEIGHT: 28 ibs.
MADE IN U.S.A inciudes cablnet or rack mounts

PE2217 — $529.50

THE “WHY'S AND HOW'S
OF EQUALIZATION,”
an easy to understand ex
planation of the relationship
of acoustics to your environ-
ment This 6 page booklet
also contains many unigue
RP2212 (includes Cabinet or Rack Mounts) $369.50 ideas on “How the Scundcraftsmen Equalizer can

measurably enhance your listening pleasures.” "How
RP2204 (Same 55 2212, except na LED'S) $329.50 typical room problems are eliminated by Equaliza-

(Same as 2212, except no LED's and tion,” and a “'10-pont self-rated Equalization Eval-
20-12R "Tipe £Q thew rear panel patching) $299-50 [0 A R L reren Ha

(_SWW = 1721 Newport Circle, Santa Ana, Californis 92705  Piices and specifications subject tq ct-fﬁmg; y’ Holt otice.

GUARANTEED to enhance and improve
any fine system! T

Just plug 2 cables Into yous raceivar's taps monstor Jucks, and
You mre ready to enjoy a new axpetlence In musical enjoyment]
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fore the signal enters the record
heads; it is audible in the “source”
position of the monitor switch. The
distortion increases as the record gain
control is turned up and is equally bad
on both channels. My first inclination
would be that there is a bad tube in
the first stage(s) of the preamps. How-
ever, no one tube (except the os-
cillator) is shared by the two chan-
nels.—Foster Action, Nashville, Tenn.

A. Your problem may be due to a
defect in the power supply. Have you
checked the rectifier tube and other
power supply components? If volt-
ages have seriously changed owing to
a defect in either the power supply or
coupling circuits, this may cause one
or more tubes to distort, and dis-
tortion would increase as gain was in-
creased.

Tape Developer

Q. Please describe the “develop-
ing’ process by which recorded sig-
nals are made visible on the tape.—
Reg Fulton, Phila., Pa.

A. The information | have on Mag-
na-See, made by Reeves Soundcraft
Corp., Great Pasture Rd., Danbury,
Conn., states: “Magna-See is a non-
toxic and non-inflammable fluid into
which you simply dip a strip of
recorded tape, let it dry, and you can
actually see the track recorded on the
tape. By doing so, you can check az-
imuth, head alignment, and track uni-
formity.” For more information, | sug-
gest you write to them.

Track Comparison

Q. Is half-track that much better
than quarter-track? Can you get quali-
ty performance from an automatic re-
versing deck?—Sheldon Neider,
Houston, Tex.

A. Half-track operation permits a
higher signal-to-noise ratio—about 3
or 4 dB better than quarter-track.

The top quality reversing tape ma-
chines provide about equally good
performance in either direction on
automatic reverse. When such ma-
chines first came out, there were
problems in maintaining equally good
performance in each direction, but
these problems appear to have been
largely surmounted. A

If you have a problem or question on audio, write to
Mr. Joseph Giovanelli, at AUDIO, 401 North Broad
Street, Philadelphia, Pa. 19108. All letters are
answered. Please enclose a stamped, self-addressed
envelope.
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By afoiniment ittt e
57, nlmen adlcast and recoiding
4 P sueclios aiound the wodd 4

The heritage. A half century of continuous research 1. High frequencies,

and production of high fidelity transducers. For fifty produced by a specially
years, a standard for the reproduction of music 0 _0 formed duraluminum
in the most demanding professional environments. diaphragm, are

The here and now. A new Tannoy produced in the e captured and passed

best tradition of proud craftsmanship. The crown-
ing achievement of our British designers and
sound engineers.

through the many
throats of a phase
compensator.

Ingenuity. At first glance, the Tannoy appears to be
a conventiona! speaker. It is a great deal more.

Itis afully integrated loudspeaker system. Sound is
reproduced, phase co-
herent, throughout the
total audio range
from one transducer
matrix. Both the
high and low fre-
quency drivers are
combined within

a single, powerful
magnetic structure.

The system.The
unigue combination
of the extended low
frequency direct radia-
tor, its highly damped cone,
the precisely tailored crossover network and the
extraordinary phase compensated, wide range
horn-loaded high frequency unit, achieves excep-
tionally linear response — throughout the entire
audio spectrum. The system is housed in a rigid, non

4. The low frequency
cone is arigid piston,
operating from the low-
est bass range to one

thousand Hertz. At this

resonant enclosure that reveals the hand of the AN S point, there is a smooth
master cabinetmaker. — crossover into the range
Performance. The Tannoy is highly efficient and of the high frequency
remarkably accurate. Music is reprodu;ed with utrer 9 0 7 horn which extends
naturalness and clarity. Stereo Review listened too: beyond audibility
"...smooth and musical .. .as easy to listen to as

to look at. ..

Since Tannoy will only be found in the displays of a
limited number of selected dealers of established
reputation, won't you write us directly? We'll forward
a list of those appointed high fidelity dealers who will
be pleased to provide a listening demonstration. We'll
include a luxurious, full color brochure with the tech-
nical details of each model in the Tannoy line; each
an unparalleled loudspeaker system.

Tannoy of London, 55 Ames Court, Plainview, N.Y. 11803



Edward Tatnall Canby

Live vs. recorded? The biggest thing
in audio, now, tomorrow, and back in
the past. For most of our history and
even before, I've always placed this as
the first interest, clearly beyond all
others, in terms of the signal signifi-
cance of our art, if not its commercial
sales figures.

Live vs. recorded is the ultimate, the
inevitable, the always-present com-
parison. Those numerous A/B audio
events which dot our history and have
been big drawing cards every time,
ever since the good Mr. Bell said, “/Dr.
Watson, come here...” (he had acci-
dentally spilled something, and just
said it, unlike Samuel F. B. Morse, who
carefully planned out his “What hath
God wrought?”” deal) and the time, in
this century, when early vintage opera
stars appeared in public, live, in com-
petition with the acoustic phono and
were adjudged to be no more life-like
than the mechanical machine which
reproduced their voices {according to
accounts, few in the audience could
tell any difference), all the way for-
ward to Edgar Vilchur’s sophisticated
live vs. recorded hi-fi show demos—
the string quartet which stopped
playing while the music went right
on (rather, they mocked at playing
music which, in fact, came from
loudspeakers right behind them)—
and so onward to our latest and
maybe final contradiction, the “live
on tape” broadcast now the rule
in the U.S.—all these have fascinated

me as points of crucial interest, turn-
ing points, if you want, in what is real-
ly a smooth continuum of expansion
in the understanding of audio’s always
improving message. The very word re-
produce gives us the clue. We use it
today, and use it even incongruously
for the “reproduction” of electronic
music that has no previous message
existence, either in sound or on pa-
per, in the form which reaches us.
We count on this duality, we take it
for granted, and we find it extremely
difficult—all of us, audio engineers in-
cluded, not to mention musicians—to
think of audio as, so to speak, a mono
art, not dual. Just itself. The only true
“mono’’ sounds in audio are test
tones. They are themselves. They are a
virgin, original messages, signals, with
a purpose, a meaning and use. There
are only two other major audio cate-
gories. Music and speech. Both are
dual, even if we must somehow man-
ufacture an original in our minds like,
say, a performance in a concert hall,
to satisfy the matrix of our thinking.

Audio, as we know it, started as
speech, if you will discount the mea-
sured clicks (later beeps) of the tele-
graph language. Did | hear someone
say digital? But yes. The rendering of
an audio “original,”” from a “’score,” a
written-down message, into discrete
on-off digital units. That was where
Morse was a genius, while numerous
other telegraph inventors of his time
merely plodded along familiar and
fruitless analog paths, like the several
systems with a separate wire for each
letter of the alphabet.

The telegraph did not reproduce
speech, though it did transmit it. That
was for the telephone. "My God, it
speaks!’”’ exclaimed the astounded
Emperor of Brazil, | think in Phila-
delphia at the Centennial. There was
such an Emperor at the time and he
had a magnificent beard. The very
idea that a machine could talk actual
words was as difficult to conceive, at
that moment, as was the later thought
that messages might travel from point
to point through—nothing—or the
insubstantial ““ether,” whatever that
was, minus any sort of visible and tan-
gible connection. Speech came first in
audio for excellent reasons, as did op-
era when we got to music. The good
Lord plus Darwin and Wallace saw to
it that human speech makes, for the
human ear, the most efficient use of
sound that we can know, a maximum
of content on a minimum of signal
shape. ““Mary had a little lamb,” said



NO ONE PUTS A TURNTABLE
ON TOP OF A SPEAKER, RIGHT?

We realize no sane person ever puts We put the turntable right on the speaker
their furntable even close to their tbox. The worst place for vibrations. Then
speakers, but we did it to prove a point. we turned up the music.

Which is, it's now possible to build turn- Nothing happened. No howl. No
tables that effectively deal with that un- screech. Just music, loud and clear.
bearable "howl!” known as mechanical To make a believer out of you, ask your
and acoustic feedback. Kenwood dealer for a demonstration

The first of these new turntables are the comparing the Kenwoods with any

Kenwood KD-3055 and KD-20585.

How did we do it?

With a special base made of
an anti-resonance concrete so
dense it absorbs vibrations from
the speakers and the floor be-
fore they get to our new S-shaped
tone arm. KD-3055, only $179*

To prove it, we did the unheard of. And that's amazing, right?

KENWOOD

15777 South Broadway, Gardena, CA 90248 72-02 Fifty-First Ave., Woodside, NY 11377

*Suggested resale price. Actual prices are established by Kenwood dealers. Cartridge not included.
Check No. 21 on Reader Service Card

other turntable in the store.
And once you've made the com-
parison based on performance,
make a comparison based on
price.
The semi-automatic KD-2055
is only $139 The fully-automatic
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Edison, and played it back, intelligibly,
from tin foil.

Musical Limits

But music, though the ear can take
itin very nicely, is enormously less ef-
ficient and, of course, stretches the
audibie medium to its very lim-
its—perhaps the best reason for mu-
sic’s existence. The Mount Everest of
the ear. Music of any sort requires a
vastly more capable transmission me-
dium than does the basic speech,
which came through the early tele-
phone and the first phonographs,
whose fidelity by any parameters you
choose was measurably just above
zero, i.e., sheer noise. Music via the
first phonograph, or gramophone,
was funny as all get-out because of
the matter of pitch, which was one of
those unexpected and overwhelming
natural obstacles to audio sense, and
one which had never existed before.
Astonishing discovery, how rock-like,
how faithful, the reproduced pitch
level had to be if musical reproduc-
tion was to be accepted as intelligible!
And how difficult to achieve. So many
big things came along in the 1870s and
80s that the electric motor wasn’t even
around in practical form when the
phono appeared, except via bulky
battery power. Something much sim-
pler had to be latched onto, and was.
You turned a crank. Hand power. Just
try it on your own 1976 turntable and
judge the result. Acceptable, at least
then, for basic speech. Not for music,
once you got tired of giggling at the
fire-siren horrors that came out via
hand cranking.

Thus, one of the very great in-
ventions in our audio field was the
clockwork motor that didn’t run
down. Not at least for some minutes.
That was by Eldridge Gerry, the me-
chanic who turned into the Victor
company soon afterwards. He solved
the insoluble problem, how to per-
suade a spring to unwind itself at an
even speed, even though its stored
power fell off continuously. A matter
for a governor, and we all know that
governors, even electronic (feed-back
type) tend to oscillate; music does not
appreciate any sort of oscillation un-
less it's part of the “original.” Nor any
sagging in pitch. The Gerry motor
kept right on for as much as four min-
utes, more if necessary, before it gave
up. Yes, true, the chronometer, the
household clock, the watch, had
solved the unchanging speed prob-
lem long since, back in the 17th cen-
tury; but that was via a mechanical

square wave, the escapement, or a
hung weight plus sine wave, the pen-
dulum. Neither would do for an un-
changing continuous motion. So
count clockwork as a part of audio, a
basic invention. It was inventions such
as these which brought us the possi-
bility of a useful dual role for audio,
live sound reflected in sound that was
reproduced.

Odd how the basic difference be-
tween the telegraph, invented in the
1830s, or the speaking telegraph of
the 1870s, and the far more revolu-
tionary phonograph, the first machine
to record and reproduce actual sonic
intelligence, is still directly reflected
in a basic difference today between
broadcasting and recording. What
seems to me most significant in our

Mio Nalton

entire industry at this time is that, at
last, even this basic distinction is be-
ginning to blur and fade, though na-
ture continues to be implacable in its
distinctions between NOW and any
other moment. Live on tape! We
postpone time and think nothing of it.
Don’t suppose, either, that this is ex-
clusively the province of audio. Far
from it! How about those speeches
which the President or the Secretary
of State will make, of which somehow
or other we always get to know the
entire contents before they are so
much as uttered. It is the way of our
day, a lot more than just politics. We

think that way. We move about in time.

Sonic Memorabilia
When a great figure dies, these
days, the very first thing we hear is the

incessant sound of his voice, hale and
hearty, hour after hour in memoriam.
Poor old LBJ! | think | heard more of
him the day he died than in all his
presidential years. Live vs. recorded.
Yes, and the chilling way in which a
man’s past utterances are brought
back to mock him with contradiction,
live on tape! The impact of the living
sound of what he once said is far more
powerful than the mere reflection of
the printed word. You might say that
this is Audio for Truth (and Con-
sistency) in Politics, a telling use of our
developed time-displacement sense.
Will the Bill of Rights catch up—the
segment which says that a man may
not be compelled to testify against
himself? | am not aware that a test
case has yet appeared. It will. For we
now take the recorded sound as virtu-
ally equivalent to the live, and isn't a
man’s testimony normally live, in the
flesh? Just wait and see.

I know that these thoughts of mine
do not exactly reflect the normal day-
and-night concerns of the audio fra-
ternity. That’s why | write them down,
to remind, and to titillate perhaps. If
not, then you may turn to the rest of
our admirable magazine. (We do cov-
er the field, if | say so myself; ain’t it
the truth, Editor?) (Editor’s Note: No,
Ed, I'm afraid it ain’t; there are more
things in this field remaining yet un-
covered than those to which we have
barely begun to give coverage. It’s
like having too small a blanket on a
cold night; there’s always some part
which sticks out.) As for me, | can nev-
er get away. | am always involved,
even out in what some call the field,
the general field. So | conclude with
merely a bit of the sort of thing which
brings so forcibly to mind this busi-
ness of the essential audio com-
parison, live vs. recorded.

Number one. | went to Yerp last
summer, just to get away for a bit of
perspective. Always helps. | was off
for three whole weeks in a VW Polo (a
smaller Rabbit) just moseying around
in traffic, Belgian, Swiss, French. En-
route, | stopped in at friends on the
Loire, who have bought themselves a
peasant farm house, approximately
dating back to 1200-and-something,
the norm for the region. Three big
stone rooms on end, each with an
enormous three-foot, solid, 13th cen-
tury beam across the top and assorted
crazy-curve rafters, natural tree
shapes. | lived in the “living room”
with walk-in stone fireplace; we sat
there in the evening. Irrelevant? Oh
no. Out comes, on the first evening,
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During the last 40 years, Tandberg Tandberg dealer.They range in price from convenience of its many features, all the

receivers have eamed a world-wide repu- $430 to $M00. And it's comforting to know pleasure of its performance.
tation for integrity of design. Clean, clear that whichever one you choose, you've NEW TR-2025. Now you can enjoy
sound. And outstanding specifications. chosen wisely. v Tandberg performance with push-button
Now that reputation for Norwegian NEW TR-2075. Rated among the ease. (This =M stereo receiver includes
quality, precision and reliability shines bright- word's finest in European and American pre-tuning for 5 stations among its many
erthan ever. Because Tandberg offers you lab test reports. (Loaded with features, it desirable faatures.)
the widest selection.of receivers in its equals or betters the performance of more NEW TR-1040. Another push-button
history. So you can enjoy brilliant Tandberg expensive separate chassis components.)  Tandberg. This one offers more power than
performance. And still choose exactly NEWTR-2055. Made specially forthose TR-2025 pus a full aray of the features
the features you want, at the price youwant  who don't need all the power of the that have made Tandberg an intemational
to pay. See them, hear them at your TR-2075. Butwho still want to enjoy all the favorite,

NOW MORE THAN EVER-THE CHOICE
IS TANDBERG!
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For a color catalog of facts and figures. wiite to us. Ifs worth $1.50 —but we'll send you a copy absolutely free!
Tandberg of America, Inc., Labriola Court, Armnonk, New York 10504. A. Allen Pringie, Ltd.. Ontario, Canada




You know what you get

JBL's new L166 doesn’t add any- business is with recarding studios One, a new, one-of-a-kind
thing to the music. It doesn’t take  and professional musicians who dome tweeter. It can handle all
anything away. That’s what all the live in a hundred decibel, twenty the highs your amplifier can
excitement’s about. kiloHertz, twenty-four track world throw at it and deliver them to

where accuracy isn't a standard; any cornerofaroom. Likea
It's the most accurate loud- it's an obsession. drumstick and a cymbal. Stand
speaker JBL has ever made, and There are four reasons to hear anywhere and witness the crash.
that makes it pretty good. Halfour  the L166: Two, an exclusive, new low fre-

Integral baffle
AN

S el e ey b -

JBL's 066 Hemispher:cal
Radiator has an extremely hard
dome surface that won't buckle
or shatter when it's hit with a
high, hard transient. And—as if
that weren't enough—theres a
unigue intzgral baffle that

1) restricts the radiating sur-

face and 4
2) creates a natural damping,

eliminating the resonant tones.
Result? Pure sound, dis-

persed 150° horizontal and

vertical at 20 kiloHertz.

~~ Most low frequency cones
have always needed a final dose
of paint or putty or luck to bal-
ance their weight and rigidity
with their magnet strength and
cabinet size.

Until today.

JBL's Mass Controlling Ring
Perfect balance. Perfect bass
response. Every time



for your 8002 Nothing.

guency transducer. It has the
tightest, cleanest bass you've ever
heard —all the way down down
down to the lowest audible note.
(Ask the L166 to play an amplified

cello, an organ pedal, a kickdrum.

Nice.)
Three, a new grille material.

It's not just another pretty face.
Through it pass the purest highs
ever heard. It's the most acous-
tically transparent grille ever
created.

Let your JBL dealer explain the
first three reasons. We'll explain
the fourth. It's JBL.

JBL has been at this for more
than thirty years, and one thing
we've learned to make with the
greatest care is a promise.

Promise: If you haven't heard
JBL's L166, you haven't heard
nothing.

JBUs new L166.°400 each.

James B. Lansing Sound, Inc., 8500 Balboa Blvd., Northridge, Calif. 91329
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In just a few minutes
your ‘‘subconsclous”’
tells you they’re the best!

An insidious form of distortion you may
not even be aware of, is causing ‘listening
fatigue’’ as you play your records. After
about 15 minutes of a complex, musically
demanding record, it shows up. You feel
vaguely anxious, irritable, and ready to tum
off the music. That's “listening fatigue’’—
virtually eliminated at last with the new
Sonus phono cartridges.

You can hear and feel the difference in
the time it takes to play one side of a record.
Sonus has reduced Intermodulation and re-
lated distortions to previously unachieved
levels, reducing these sources of “listening
fatigue” to the vanishing point. As you lis-
ten, you discover that the emotional tension
formerly caused by this distortion is gone.
The music comes tzrough with an effortless
clarity and definition, as you listen with
more attention, more relaxation, and far
more pleasure than ever before.

The new Sonus cartridges take you closer
to an actual performance than any other
cartridges have been able to, until now.

‘At one gram, the SONUS Blue Label
was audibly superior . . . the sound was
excellent in every respect.”

Stereo Review/Hirsch-Houck Laboratories

High Definition Phono
Cartridges for The Most
Accurate Sound Reproduction
Possible.

Write for further information

SONIC RESEARCH INC.

27 Sugar Hollow Rd., Danbury, Ct. 06810

the traveling cassette, GE model, four
or five years back. My hosts wanted to
play me their “record collection,”
taped and handily transported on the
plane—the airline didn’t even weigh
the cassette player. Probably thought
it was a camera.

So off we go, into a batch of flute
and harpsichord music (the husband
once built a Zuckerman harpsichord
from a kit) and then on to an orches-
tra. The cassette was on a table to one
side and in the stone-and-plaster
room the sound was astonishingly
good. Was it GE? Could be. | was
amazed at how effective the music
was, minus just about everything ex-
cept the essentials (never forget
them), which do not include either
stereo or quadraphonic, much as |
love these last. Not the basic essec-
tials, which do include the same old
ones of steady pitch and an in-
telligible frequency response, neither
of which the first phonograph had.

Bass in absentia

But one semi-basic parameter was
weak and you know what. Bass. NO
bass. Low notes in the harmony. Total-
ly absent, and the ear had to work
against shrill highs in order mentally
to reconstruct them. Well, boys, | do
know my audio. The old corner horn
trick. | said hey, put that thing over
there, right down in the far corner,
on the floor, facing out diagonally
and up diagonally, in the center of a
horn—not exponential but still very
much a horn. Wow! Even | was sur-
prised. There was at least a full octave
more bass, immediately audible. My
friends were astonished and maybe,
like the Emperor of Brazil, astounded.
Of course, this was an unusually neat
case, net as the French would say. No
rugs, very little furniture, but enough
distant dispersal via a few chairs and
those splendid overhead beams and
joists to spread the reinforced sound
evenly out. A solid bass. You could
hear it. As any good listener knows, a
better bass makes any treble sound
better.

Live vs. recorded? For several years |
have listened to the splendid series of
choral recordings by the Oxford-
based Christ Church Cathedral Choir
of England. I was in Oxford again last
summer and by a miracle (in the sum-
mer months) there was a major musi-
cal event scheduled by that very same
choir, which sings all of a mile or so
away from where | was staying. This
was special. A Palestrina Mass, As-
cendit Maria Virgo in Caelum, sung as
part of a full Anglican service with
communion, So we went.

I almost wept, so beautiful was the
music and so superbly done; | had
myself sung in the same work, in con-
cert form. But imagine the scene—this
was the live scene and what an ex-
traordinary contrast to the recorded
playback in my home living room!

Musical Prayers

Now | probably knew that music as
well as all but a handful in that cathe-
dral full of worshippers; but, alas, |
did not know the Service. Phew! The
Kyrie began and | belatedly struggled
to my knees along with my neigh-
bors—this was no concert, this was a
prayer, in music. Phew again. Comes
the Gloria, and everybody stands up.
Same here, if a bit late. Two lovely En-
glish girls on each side of me took
compassion at my obvious plight and
began to coach me. A bit like that first
time you tried skis on a ski slope full
of experts. Or skates on a public rink.
There were intervening hymns and |
was fumbling for the right hymn long
after they got to verse 3; the ladies to
left and right pointed and whispered
and | found the page—words only!
No music. You are supposed to know
the tune, and | am no expert on
hymns, except maybe Bach chorales.
Wish | had a private recording of my
brave attempts to fake the hymn
tunes; along about verse 8 (they sing
them all), | would begin to get the
drift but the rest was pure agony. And
those girls were so nice. They went
off at the end to join the long lines
taking communion, while 1 stayed on
in my place, not even daring to get up
and disappear, politely. ...

So, you see, there still exist im-
mense differences between live music
and that which is recorded. A matter
of situation and of function. Very little
of our musical heritage, in the large, is
so-called ‘““concert hall” music. A
great deal of it, with no thought what-
soever for audio, was very much part
of some current event not reproduc-
ible via any audio on earth, and most-
ly not even via TV. What | say, to end
with, is what | have always said: when
we deal with Live vs. Recorded, we
must always give the two forms sepa-
rate billing, separate and equal, each
in its own context. Not too many mu-
sicians, understandably, are yet will-
ing to think in these terms, but we in
audio know what immense subtleties
of technique we have ourselves de-
veloped, and are developing, in the
transference of common information
from one to the other, live into
recorded. | myself do not think there
has been any more important art than
ours can be, in our world today. 4
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Any LUX amplifier or tuner

that doesnt meet or exceed every
rated specification wont ever reach you.

It's one thing to produce components with an '
impressive list of published specifications. It's quite
another matter to ensure that every unit will meet
or exceed each of those specifications. But this is
precisely what LUX does with its entire line of power
amplifiers, preamplifiers, integrated amplifiers

and tuners.

LUX components were conceived and designed
for that very special breed of audiophile whose critical
requirements for accurate music reproduction are met
only by separateamplifiersandtuners, And ofthose prod-
ucts, the very best that the state of the art can provide.

Hence, the following procedure takes place at
our facilities in Syosset, New York.

Every unit received from thefactory in Japan is
removed from its carton and placed on a test bench
where It is connected to an array of test equipment,
which includes a Sound Technology 1700A Distortion
Measurement System and 1000A FM Alignment
Generator, McAdam 2000A Digital Audio Analyzer
System, and lwatsu Electric $$5100 and 50577

Synchroscope.

Every control, switch, meter and indicator
undergoes an operational check-out. Theres nothing
unusual about this. Any reputable manufacturer can
be expected to do the same. Or at least spot check

a shipment.

But LUX has only begun. Every specification is
then measuredagainstits published rating. That means

14 individual tests for a power
amplifier, 14 for a preamplifier,
20 for an integrated amplifier and
7 for atuner.

Each verified specification
is entered by hand on a
Performance Verification
Certificate. Any unit that doesn't

Luxman M-4000 Power Amplifier — 180 watts per channel minimum
continuous power, both channets driven simultaneously into 8 ohms. Total
harmonic distortion no more than 0.05% at any frequency frem 20 to

20,000 Hz. Frequency response: 5-50,000 Hz, *1 dB. Signal-to noise ratio
108 dB. Features include: separate power supplies for each channel

including output and drive stages. Two-meter power-output display in
combination with LED peak-output indicators reveal dynamic range of
program material. Output level set by precision potentiometer with 1-dB 1

click stops $1.495

One of these Performance Verification
Certificates is included with every unit.
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match or exceed every published specification
is given the appropriate remedy. When a unit passes,
itis returned to its carton together with a copy of the
Certificate for the information of its future owner.
Another copy stays with us as a permanent record.

As for the specifications themselves, here are
some examples. The Luxman M-4000 power amplifier
has no more than 0.05% total harmonic distortion at
any frequency from 20 to 20,000 Hz, even with
both channels driven simultaneously to its rated
output of 180 watts per channel minimum continuous
average power into 8 ohms. Another M-4000
specification: signal-to-noise ratio beyond 100 dB.

Another example is the C-1000 preampilifier. Its
phono-input circuits are virtually overload proof,
accepting almost half a volt of audio signal at 1000 Hz.
The distortion of its phono-preamplifier circuits is an
astonishingly low 0.006%, and the rest of the
preamplifier circuits add only 0.001% more.

There's one more expression of our confidence
In our products. If any of them malfunctions during
the first three years, let us know. We'll not only fix it
promptly, but will pay the freight both ways, as well as
supply a shipping carton if needed.

Some day, all manufacturers may adopt these
procedures. For LUX, it's the only way to go. From
the very beginning.

Withallthis, we think that neither our specifications
nor our procedures for verifying them is nearly so

Important as your satisfaction with
the end result' the most accurate
and musical reproduction you can
hear.

The end result can be best
appreciated at a select number of
dealers whom we guarantee to be
as dedicated to fine music
reproduction as we are.

Luxman C-1000 Preamplifier—Total harmonic and intermodulation
distortion: 0.007% at 2.5 V. 20 Hz-20 kHz, all output signals. Frequency
response: 2 Hz-80 kHz, +0, —0.5 dB. Signal-to-noise: >65dB Phono
overload: 450 mV @ 1 kHz, 3.5V @ 20 kHz. RIAA equalization: =0.2 dB.
Features include: tape-monitonng and dubbing for two decks, six
selectable tone control turnover frequencies. linear equalizer, twin high
and low noise filters, variable phono-input impedance, variable input
sensitivities, 'touch -mute” attenuator, speaker selectors

5
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LUX Audio of America, Ltd.

200 Aerial Way, Syosset, New York 11791

tn Canada: AMX Sound Corp. Lt , British Columbia; Gentronic Ltd., Quebec
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Bert Whyte

Last February, | attended the De-
troit High Fidelity Show, and at one of
the inevitable pre-Show cocktail par-
ties | met Michael Noakes, the new di-
rector for Revox operations in the
United States. We had a very pleasant
chat, and quite naturally the emphasis
was on tape recorders. | remarked
that in 1976 the Revox tape machines
had been on the market for 25 years,
and this anniversary should not pass
unnoticed. | said that some sort of
special article might be appropriate to
the occasion. Mr. Noakes suggested
that if | was interested in how Revox
tape recorders were manufactured,
he would arrange a visit to the Revox
plants in Switzerland and Germany.
To use that well-worn cliché, | accept-
ed with alacrity!

Thus early in July we were at Zurich
airport, where we were greeted by
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Revox public relations man, Joe Dor-
ner. Joe is a good-natured Viennese
who with typical courtesy presented
my wife Ruth with a lovely bouquet of
roses. Joe was our very knowledge-
able host and guide throughout our
visit to Revox. After a memorable
dinner at the Baur au Lac, it was time
to plan our itinerary, since we would
be visiting a number of factories in
Germany, as well as in Switzerland.

At this point, some notes on the
background of the Revox company
would be pertinent. Revox is actually a
companion company of Studer-Re-
vox, founded in 1948 by Willi Studer.
The first products of the company
were special high-voltage oscillo-
scopes designed by Mr. Studer. What
happened in 1949 | find particularly
fascinating. . .for Willi Studer got into
the manufacture of tape recorders
virtually by happenstance. Of all
things, an importer

brought some

American-made consumer-type tape
recorders into Switzerland. Because
of the voltage and line frequency dif-
ferences between the two countries,
the units could not be used. Some-
how the importer contacted Mr. Stu-
der, who checked over the machines
and made new drive-pucks and cap-
stan shafts so they would function
properly. These tape machines in-
spired Mr. Studer to design an im-
proved and better version of them,
and when the importer placed an or-
der for 500 of the Studer ““Dynavox”
machines, Mr. Studer was truly
launched in the manufacture of tape
recorders. To say that they had prob-
lems in producing these Dynavox ma-
chines is an understatement. They had
to make their own recording heads
.. .cobble up most of the test equip-
ment since such items were not “off-
the-shelf” equipment at that time.
Most amusing is that wow and flutter
performance was checked by utilizing
the “stability” of the telephone dial-
tone! The Dynavox production con-
tinued through 1950. In 1951 it was

. foa



Celestion and Decca

A century of leadership bridging audio’s two widest gaps

Celestion UL8

Widest gap number 1: Between the signal at your
amplifier’s output and the sound you hear. The
loudspeaker must fill this gap via mechanical
translation. The vibrating element of every speaker
possesses mass and inertia—and will therefore by
definition be an imperfect reproducer. This is why
loudspeaker distortion, frequency and transient
response specifications are much poorer than those
of good amplifiers.

Celestion’s 52 years of building nothing but
speakers has evolved an integrated design approach
which bridges this gap to an extent few other
companies can match. First, Celestion system
engineers design a complete speaker system,
juggling all variables including driver design. Next,
Celestion component engineers design the drivers
to fill system engineering’s requirements. In most
speaker companies, designers must compromise
insofar as they must make do with commercially
available drive units. By designing and building
their own drivers to precisely meet the demands of
any particular application, Celestion engineers
dramatically reduce compromise other designers
must accept. The result is maximum possible
performance for given size and price ranges.

From Celestion’s UL6 winning the 5th Japan
Stereo Components Grand Prix contest, to the
Celestion “Power-Range” models used by the
Beatles, to the Ditton 66 studio monitors of the
Olympic Radio and Television Organizaticn,
Montreal /76, people who know how to best bridge
the speaker gap—insist on Celestion.

Decca MKV1 Gold Elliptical Cartridge

Widest gap number 2: Between vinyl record
grooves and the signal at your phono preamp’s
input. Like the vibrating element of every speaker,
the phono cartridge, stylus and tonearm possess
mass, inertia and friction—and can thus approach
but not attain correct translation of what is really
recorded on the disk.

From Decca, the world’s most experienced
producer of high quality phonograph records,
comes the world’s highest fidelity means of playing
them: the Decca System. Consisting of :

1) Decca London MKV1 Gold Elliptical or Plum
Spherical Cartridges employing Decca'’s
legendary “Positive Scanning” system.
Featuring iower stylus mass, higher compliance,
lower tracking force than the Decca MKV series.
Decca MKV1 models offer the best transient
response of all cartridges—regardiess of price.

2) New Decca International Arm. Magnetic
antiskating and damped unipivot jewelied
bearing of original International Arm, plus
several modifications and improvements. As
close as you can get to zero friction and zero
groove pressure unbalance.

3) Decca Record Brush and Record cleaner, “dry
clean” devices utilizing Decca’s unique
conductive micro-fiber to clean records and
drain static without the destructive properties
liquid cleaners exhibit on cartridges and
records. Designed especially for Decca’s state-
of-the-art MKV1 cartridges.

Bridge the phono gap and hear what is really on your

records—insist on Decca.

Sole North American Distributors.
ROCELCO INC,, 160 Ronald Dr., Montreal, Canada H4X 1M8 Phone (514) 489-6842
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decided that all consumer tape re-
corders would henceforth be mar-
keted under the name Revox. Studer
decided to go into the manufacture
of professional tape recorders, and
later that year the Studer 27 was intro-
duced. 1954 saw the debut of the Re-
vox A36 recorder with a three-mo-
tor transport featuring direct tape
drive. In 1955, the professional line of
recorders was expanded with the
Studer A37 and B37. In 1956, the Re-
vox B36 became the first consumer
recorder with three-head "off the
tape’”” monitoring. By 1958, the Studer
staff numbered 120 and a new factory
was built in Regensdorf, a suburb of
Zurich. 1960 marked the production
of the first stereo Revox, the D36. The
professional Studer C37 recorder was
introduced and among its features
was a real-time tape timer. (In 1965,
when | was with RCA, | made the first
several hundred classical music mas-
ters for 8-track cartridges on the C37,
and the timer was invaluable in the se-
quencing operation.)

Black Forest Assembly

Through 1964, Studer-Revox busi-
ness continued to expand, necessi-
tating the opening of production fa-
cilities in Loffingen, Germany, the first
of four similar installations through-
out the Black Forest area in the inter-
vening years up to 1974. The Studer-
Revox facilities in Regensdorf are ex-
panded, and it becomes the company
headquarters. In 1967, the last of 80
thousand Revox 36 series recorders
comes off the line and Revox A77 ster-
eo recorder was introduced. The
modular construction of this machine
and its new servo-controlled a.c. cap-
stan tape drive motor are the begin-
ning of a new era.

In 1968, Revox produced an FM
tuner and amplifier, and designed spe-
cial language laboratory equipment
based on the A77. The Studer profes-
sional line expands to include mixing
consoles. 1970 is a banner year for Stu-
der with the production of the Studer
A80 recorders, which are available up
to 16 and 24 tracks. Through 1973 Stu-
der-Revox keeps up the introduction
of new recorders and associated
equipment. Near the end of the year,
the Revox A700, an advanced record-
er with crystal-contiolled capstan ser-
vo, is introduced. Studer later makes a
professional version of this recorder,
the A67. Now in 1976, in their 28th
year, Studer-Revox enjoys a world-
wide reputation for the manufacture
of high precision tape recorders.

The day after our arrival at Zurich,
Joe Doner picked us up early in the
morning, as we had a long drive
through the Black Forest to the Stu-
der-Revox plants. We were to take a
circular route, stopping at one plant
on the outgoing leg, and two more
plants on the return leg. The Black
Forest is beautiful country, quite iso-
lated from the hordes of tourists, and
in some areas we didn’t see another
car in a half-hour of driving. Our first
stop was at the little village of Ewattin-
gen, where a smallish Revox plant is
devoted entirely to the production of
three models of loudspeakers. Yes,
Revox makes speakers, even though
none of them are presently exported
to the U.S. All three speakers are the
air suspension types. . .the smallest is
a two-way system, said to handle 40
watts program material. . .the others
are three-way systems, of 60 and 80
watts rating. Although small, the fac-
tory is well equipped with a good sized
anechoic chamber, and B&K graphic
level recorders, etc. The baskets,
cones and surrounds, spiders, and
magnet structures are from vendors
which are assembled in the plant,
along with the voice coil and cross-
over networks which are wound on
the premises. In their demon-
stration room, | kept everyone
happy by choosing their top speaker
over competing units in a blind
A/B test.

Modular Artisans

Our next stop should have been
Loffingen, but we went on to Bonn-
dorf, and then back to Loffingen. {’ll
explain. The construction philosophy
on all Studer and Revox tape record-
ers is the modular concept. Various
electronic modules, along with mo-
tors and mechanical sub-assemblies
are made in the various plants in Ger-
many and Switzerland. All of these
elements are pre-tested, then shipped
to the plants which assemble a specif-
ic tape recorder, such as a Revox A77
or a Studer A80, etc. There are, of
course, basic starting points for many
of these components, which is why
we went on to Bonndorf. In a 56,000
sq. ft. plant, capstan and spooling mo-
tors, and printed circuit boards are
manufactured from scratch. All Stu-
der-Revox recorders use motors using
the outside rotor principle. These ro-
tors are fairly heavy chunks of metal.
In the initial operation, metal discs
about four in. in diameter and a half-
inch thick are placed in a special hy-

draulic deep-drawing press. This
monster machine then gives a mighty
100-ton press, and the disc is then
formed into a rotor. Then hydraulical-
ly controlled automatic lathes rough
turn the rotors, which are sub-
sequently finely finished on yet an-
other lathe. The stators of the motors
are assembled with the plates and the
complex electrical windings. Then the
windings are impregnated with epoxy
resin in an automatic dripping ma-
chine, and the resin is cured by elec-
trically heating the windings. Finally,
the stator is precision ground. In an-
other section of the plant capstan
shafts undergo precision honing. A
proprietary electronic test apparatus
measures the run-out accuracy of the
capstan shafts. Maximum permissable
eccentricity for a Revox A77 is one mi-
crometer and the Studer A80 is half of
that! When the capstan and spooling
motors are fully assembled and stati-
cally and dynamically balanced, they
are placed in a special rack and "'run
in”” for many hours being checked for
torque, bearing noise, hum, etc.

In still another area in the Bonndorf
plant, printed circuit boards are fabri-
cated, starting with the drawing, mak-
ing the photo negatives, silk screen
printing. Then into huge automatic
galvanizing and etching tanks. Then
the large multiple-print panels are au-
tomatically positioned with an ac-
curacy of one-half thousandth of an
inch, and then drilled and punched
and into individual PC boards. Finally,
the electronic components are added
to the board and then dip-soldered.

Computer Positioning

After quenching our thirst with
some of the local “Furstenburger-
brau”, it was on to Lotfingen. This
sizable plant is where specific elec-
tronic modules, motors and sub-as-
semblies flow, to wind up on the pro-
duction lines assembling Revox A77
tape recorders and its several variants,
and the Revox A700 recorder. | should
mention that all Studer-Revox record-
ers use a die-cast chassis, which is sup-
plied from a vendor foundry, then fin-
ished at which time al! holes are pre-
cision drilled in one operation by nu-
merically-controiled drill presses. Inci-
dentally, all through the Studer-Revox
plants, you will find these numerically
controlled drills, lathes, grinders,
punch presses, etc. These units are
given a punched-tape programmed
from blueprints with the aid of a com-
puter. With an integral computer
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Icing theIC
Electronic Drive 1000.
With two motors.
Electronic controls.

“Pause cueing.’
Remote control.

And a waiting Ilst
jle long.

Sorry about the waiting list, but when you see it you'll understand. Here you have a purist's tone arm
and superb playback in a “bee eye cee” belt crive unit which we believe promises better long-run
performance than a direct drive unit. At about $279, we think it's irresistible. See what you think at
your high-fidelity dealer’s. You'll find our 5 turntables felder there. Or write to British Industries Co,

Dept. IA, Westbury, N.Y. 11590.
5 'Iilrntables LIS 1>®

©197¢ British Industries Co., A Division of Avitet inc.

Check No. 8 on Reader Service Card
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1af we've done,

one will heckle

our speakers.

We're as close to the impossible
as possible.

Our new speakers color sound.

Anybody’s speakers do.

Should someone tell you other-
wise, they speak with forked fre-
quency response.

We at Sony approached the devel-
opment of the SSU-2000 with this
grim reality in mind.

Thus our goa! was to create aline
of speakers with a minimum of col-
oration. With a frequency response
flal and wide. With low distortion.
And with repeatability. Which is crit-
ical. Which means that each speaker
we turn out will sound like the one
before and the one after.

Searching and researching.

Our basic dilemma was that
speaker specs don't specify much.

You can build two speakers with
identical specs, and find they'll
sound non-identical

That's because your sophisticated
ear can pick up differences our
clumsy measurements can't.

Some examples:

You can hear how pure water is.
The purity of the water in which the
pulp for the speaker cone is pressed
will influence the sound. (Spring
water is the best)

But water purity woulid hardly
change the frequency response --or
any other measureable character-
istic.

Nor would the dye used to color
the cone—or the glue used in gluing
the cabinet.

But you'd hear the dye and the
glue.

And there are dozens and dozens
of elements that interact this way.

So our job was mammoth. To cor-
relate these factors in order to

reach the goal we outlined earlier.
Changing one changes the other
and almost changed our minds
about going into the speaker busi-
ness.

But we stuck it out. And found the
answer to the juggling of these vari-
ables thanks to a major technologi-
cal innovation.

Trial anderror.

That's why we labored for three
years to bring you our speakers.
While other manufacturers rushed
frantically to market with theirs.

We keep the whole world
in our hands.

Once we understood how to con-
trol the sound of our speakers, we
realized we had to control what
went into our speakers.

So we did the only logical thing.

We built a plant.

And pursuing that logic, we built
it at a place called Cofu. Which is at
the base of Mt. Fuji. Where we can
get all the spring water we want.

This factory does nothing but
produce — under outrageously close
control—the components for our
speakers.

Whatever we do buy, we specify
so carefully that our vendors
have nightmares about us. (It's
unfortunate that we can't make
everything ourselves, butonly
God can make a tree, and only wood
can make a fine cabinet)

Few companies make this effort.

So it's safe to say that when it
comes to exercising this kind of
control, our speakers are a voice in
the dark.

Don’t judge a bookshelf speaker
by its cover.

As you can see, there’s a lot that
goes into producing a speaker that's

Suggested retail prices: SSU-2000 $150 each; SSU-1250 $100 each; SSU-1050 $130a pair.

Check No. 40 on Reader Service Card

not easily seen. (One beautiful
exception  the handsome finish
on our cabinets)

That includes the carbon fiber
that we mix into the speaker cone
paper.

Carbon fiber is light and strong.
(Why they don’t use it in girdles we'll
never know,

Light, so our speaker is more
efficient. Meaning you need less
power to operate it. Meaning you
are closer to the ideal of con-
verting electrical energy to mech-
anical energy without a loss of
power.

Strong, to prevent the cone from
bending out of shape in the high fre-
quency range.

Moreover, carbon fiber doesn't
resonate much. It has what's called
alowQ, and it took someone with a
high 1Q to realize it would absorb
the unwanted vibration rather than
transmit it down the cone.

We also cut down on unwanted vi-
bration (as opposed to the wanted
vibration, which is music), by using
a cast aluminum basket rather than
a stamped, shoddy cheap metal
one.

We could go on, but at this point
the best thing would be for you to
move on to your nearest Sony
dealer. And listen.

Because the results of our three
years of labor will be clear after
three minutes of listening.

At which point, far from heckling
our speakers, you'll be tempted to
give them a standing ovation.

© 1976 Sony Corp of America Sony, 9W. 57 St N.Y. NY 10013
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converting coded signals into control
impulses, these machines will perform
their various work functions with un-
flagging precision.

In one small room at the Re-
gensdorf plant are three special ma-
chines, with toolchanger units that
can accept 15 different tools, position
them along three axes, and change
tools within three seconds. The aggre-
gate investment here is over a million
dollars. In the Loffingen plant it is
quite a sight to see dozens of Revox
A77 recorders in the process of assem-
bly. The girls on line test check every

module in the machines with special
test equipment developed by Studer
for this purpose...there is no spot
checking. A written log of all per-
formance specifications is kept on file
for each recorder. After all modules
test OK, the entire recorder is given
an alignment and final check.

It should be noted that it is a policy
of Studer-Revox to make as many of
their own parts as possible. In addi-
tion to those items | have already
mentioned, they don’t make transis-
tors, resistors, resistors, capacitors,
etc. A few small plastic parts are made

Anatomy of a V4" tape recorder

Hysteresis Electro-magnetic
Automatic three-motor braking prevents
shat-off drive tape spillage
REpgEs 10" NAB
Neoprene reels
head mount (or5”or7
for gcod standard)
alignment Only seven
moving
Heavy, parts
3/16” plate ‘
for good One-piece,
alignment 4%2 pound
flywheel-
and-capstan
PressLre
brush I(i)(;rir;puter
improveas .
contect permits
any
command
. sequence
Plug-in
electronizs Remote record Remotable

for no-thump recording

Two channel record/playback capability. (Other models with
four, two or one channels; %a, %2 or full track; playback only.
Extra performance options available.)

Compare all the features of the Crown CX-824 with any other
reel-io-reel recorder you may be considering. And then compare
the price. Crown represents the real value.

Fast playback coupon

Name
Address

crown

Box 1000, Elkhart IN 46514

When listensng becomes an art,

Send directly to Crown for -9
specifications on Crown tape recorders.

City
State Zip

Check No. 9 on Reader Service Card

by outside vendors, but almost every-
thing else is under Studer-Revox con-
trol...and that is the way they want it!

Another vitally important function
of the Loffingen plant is the manu-
facture of the erase, record and play-
back heads for Revox recorders. Here
again, they start from scratch...making
the laminations for the C-shaped core
sections, using proprietary machines
for winding the cores, another special
machine to precision work the head
shell halves. Each assembled half sec-
tion of the head shell must be lapped
to a surface roughness of less than
one-tenth micrometer. When the two
half shells are assembled to make a
complete head, a super thin "’foil” of
non-magnetic material is placed be-
tween the pole pieces to ensure exact
gap dimensions.

Regensdorf Rendezvous

Our heads swimming from all we
had seen, we left the Black Forest and
returned to Regensdorf. Next morn-
ing we went to the main Studer-Revox
plant in Regensdorf. This is the head-
quarters of the entire organization,
and contains administrative offices,
sales offices, etc. in addition to the
manufacturing facilities.

Many ultra-precise maching oper-
ations take place here, and while
modules and parts are made for Re-
vox, this is where the loving care is la-
vished on the big professional Studer
recorders ranging from quarter-inch
two-channel units to the two inch
jobs handling 16 and 24 channels. The
incredibly difficult-to-make multi-
track heads are made in this plant,
even to the vacuum deposition of sili-
con monoxide on the pole pieces to
ensure precise gap dimension. Here is
where you see some poor technician,
doing the absolutely arduous job of fi-
nal electronic checkout and align-
ment of 24 channels! Better him than
me. A highlight of this visit to Re-
gensdorf was a meeting with Willi Stu-
der himself, and his son-in-law, Mich-
el Rey, wha is director of the Revox
operation. Speaking through an inter-
preter, we discussed various aspects
of magnetic recording. Mr. Studer
very graciously took me through the
research and development section
and complex of laboratories. | saw
some future developments there that
would boggle your mind, but I had
been asked to maintain secrecy for
the present..so no can tell! | really
enjoyed my visit to Studer-Revox. It
was a fascinating and illuminating ex-
perience. | met a lot of nice people
and their dedication to high standards
of quality was most refreshing. A
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Sansui’s economically-priced
S$C-3000 compares in

performance

with any high-quaiity reel-to-reel...
except for it’s superior convenience.

So you want to move up to reel-to-reel
performance but your budget will only get you as far as
cassette. Sounds like you want Sansui’s SC-3000.

The SC-3000 offers you the same high quality
performance you'd expect from reel-to-reel but
with the convenience of cassette front-loading and
without burning a hole in your pocket.

When we say high quality performance we're
talking about an electronically controlled DC motor
and a specially designed drive system with wow
& flutter as low as 0.09% (WRMS). A signal-to-noise ratio
of better than 60 dB with Dolby*. And a frequency
response of well up to 16,000 Hz.

Want more? The SC-3000 has two large
easy-to-read VU meters with a peak-level indicator.

Woadside. New York 11377 » Gardena, Califomia 90247
SANSUI ELECTRIC CO., LTD., Tokya. Jdpan = SANSUI AUDIC EUROPE S A., Antwerp, Belgium

Separate left and right record level controls for both
microphone and line inputs. Memory Rewind. Dolby.
Selectable tape equalization. Front-panel
mictophone jacks and a good-looking front panel.
Don't need separate level controls, peak-level
indiccator and Memory Rewind? Then you want

the 5C-2000.

Well there you have it, a high-priced,
high-guality reel-to-reel or Sansui’s low-priced,
high-quality SC-3000 and SC-2000 ... Let your pocket
be your guide.

* Dolby is a frademark of Dolby Laboratories Inc.

SANSUI ELECTRONICS CORP.

In Canada: Electronic Disfributors
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ALLISON: ONE

ALLISON:ONE $360*

Stereo Review ..........

By Hirsch-Houck laboratories

“Laboratory Measurements. The
averaged frequency response in the
reverberant field of our test room,
with the speakers installed as recom-
mended, was within approximately
+2 dB from 35 to 15,000 Hz, with the
slope switch set for flattest response.
The woofer response matched
Allison’s published curves within
better than 0.5 dB over its operating
range, and its overall response was
a startling — and excellent — +1
dB from 40 to 400 Hz.’

“Judging only from its sound and
the measurements we made, the
Allison:One easily merits a place
among today’s finest speaker sys-
tems.”

LA
}
D ;j OCTOBER 1875

The prevailing impression is one
of transparency, minimum coloration
effects, and a broad sound-front — in
short, the kind of highly accurate
sound-reproducer that would attract
the serious listener who is both mu-
sically oriented and technically astute
enough to appreciate really fine
sound. In our view, the Allison One
is among the best speaker systems
available.’

Descriptive literature on ALLISON
loudspeaker systems which includes
technical specifications is available
on request.

ALLISON ACOUSTICS INC.
7 Tech Circle, Natick, Massachusetts Q1760

Higher in West and South

Check No. 3 on Reader Service Card

DearX

VU Meter Standards
Dear Sir:

Regarding C.E. Moule’s article on
VU meters in your September, 1976,
issue, | agree there is much abuse of
the VU meter, but | abhor the con-
sequences of any new standard or
scale.

The most important fact about the
VU meter is that it is, in fact, a stan-
dard. It has standard electro-mechani-
cal response to the input program ma-
terial. Its chief value is that two differ-
ing pieces of equipment may be con-
nected, levels adjusted, and the per-
formance of both will be as nearly
alike as the specific equipment will al-
low.

It is important to recognize that the
Volume Unit, like the decibel, is a ra-
tio of powers. As originally defined, 0
VU is 1.228 volts into a 600-ohm circuit
(4 dB above 1 milliwatt or 0 dBm). In
recording equipment, the exact level
impressed across the meter circuit is
unimportant as 0 VU in tape recording
is defined as that level of a pure sine
wave signal at 400 Hz that will pro-
duce one per cent THD using a stan-
dard tape. The original standard was
Scotch Brand 111A, 1.5 mil acetate.
However, most recorder manu-
facturers use 1.0 mil tape because of
present user preference. Once having
established this reference, all other
measurements become meaningful.

Speech in an uncompressed system
will produce instantaneous peaks that
reach 12 dB above 0 VU (rms), which
will not be indicated by the meter.
Good recorder design takes this into
account so that the tape used, and not
the electronics, becomes the limiting
factor as to how much distortion will
result from these peaks. It should be
noted that the one per cent distortion
figure, mentioned above, is primarily
the result of tape characteristics and
the bias signal.

Good recording practice for origi-
nal material should allow average
peaks in loud passages to reach 0 VU
with only occasional peaks above, but
none higher than +3 VU. Limitations
of home listening equipment cause
most record companies to use two
reference levels, 0 VU for loud pas-
sages and —10 VU for soft passage
peaks.

Iton,

It is part of the recordist’s art to
know what type of material is being
recorded, his equipment, and the dy-
namic range required. By careful
placement of the microphone’s level
setting and work with the director
(conductor or individual artist), a
recording will be produced with the
desired dynamic range.

To gain maximum equipment effi-
ciency for both the listener and the
recording devices, the best signal-to-
noise ratio, the least distortion, and a
20 dB VU range in peak program lev-
els are desirable.

In summation, do not tamper with
the standard VU meter. Learn to use
it, understand its performance, and
accept it. Make the choice of A or B
scale as you prefer, but leave a good
standard alone.

James R. Hougen
San Anselmo, Cal.

VU = Volume Indicator

The article by C.E. Moule in your
September, 1976, issue is well done
and brings up many interesting
points.

During my many years in the com-
munications R&D field, | have observ-
ed much misuse of the "volume unit.”
Engineers who should have known
better used the VU interchangeably
with the dBm on non-steady state sig-
nals; they have not recognized that
the VU is a VU only when read on a
standard “Volume Indicator’’ bridged
across a 600-ohm circuit, and they
were as confused as anyone in read-
ing the instrument.

To the best of my knowledge, there
has been no work done by experi-
mental psychologists to determine
how people average meter deflec-
tions over time intervals, and if there
is a better way to solve the reading
problem.

it would seem to me that with mod-
ern circuit knowledge, somebody
ought to develop a means for deter-
mining volume of speech and pro-
gram waves which would be appli-
cable to modern tape equipment and
would be less of an “after-the-fact”
indication of level. After all, the vol-
ume indicator was developed using
the then available techniques of
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-OUR SECOND BEST
OTHERS’ FIRST BE ST

AUDUA is one of the world’s finest cassette tapes. But it’s not the
best cassette tape made by TDK.

OurSUPER AVILYN (TDK SA) hastheedge. And that’sonly if you’re
using the special bias/equalization setting on your tape deck.

However, if you're using the normal or standard setting, you’ll have
to settle for AUDUA—second best.

Chances are you won’t find anything better, or with more consistent
sound quality, for decks with normal tape selector settings. In other
words, even if you don’t own extravagant equipment, with AUDUA you can
still hear extravagant sound reproduction.

You see, because of AUDUA’s superior dynamic range at the
critical high-end, you’ll hear any music that features exciting “highs”
with an amazing brilliance and clarity you won’t get with any other tape.

(And when it comes to open-reel tape, you’ll probably find nothing comes
close to AUDU A open-reel for reproducing highs.)

Whatever AUDUA you use—cassette or open-reel—you’ll hear your
system like you’ve never heard it before.

But there is something else you should hear before you try AUDUA.
The price.

Unlike other so-called “super premium” cassettes, AUDUA’s price is
down toearth. (Thatshould make AUDUA sound even better.)

Compared to what others consider their best, there’s just no comparison.

» So try the second-best cassette we’ve ever made.
- You won’t find much better.
‘- TDK Electronics Corp.,
755 Eastgate Boulevard,
Garden City, New York 11530.
Also available in Canada.

STDIKK

Wait till you hear
what you’ve been missing.

Check No. 43 on Reader Service Card
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The
phono cartridge
that doesn’t compromise

any
modern record.

AT15Sa

Choosing an AT 15Sa
can add more Jisten-
ing pleasure per dollar
than almost anything else
in your hi-fi system. First, because

it is one of our UNIVERSAL phono
cartridges. Idecally suited for every
record of today: moro, stereo, ma-
trix or discrete 4-channel. And look
at what you get.

Uniform response from 5 to 45,000
Hz. Proof of audible performance is
on an individually-run curve, packed
with every cartridge.

Stereo separation is outstanding. Not
onlyat | kHz(where everyone is pretty

good) but also at 10
kHz and above (where
others fail). It’s a result
of our exclusive Dual
Magnet* design that
uses an individual low-mass magnet
for each side of the record groove.
Logical, simple and very effective.

Now, add up the benefits of a genu-
ine Shibuta stylus. [t’s truly the stylus
of the future, and a major improve-
ment over any elliptical stylus. The
ATI5Sa can track the highest record-
ed frequencies with ease, works in

*TM. U.S. Patent Nos. 3,720,796 and 3,761,647,

UNIVERSAL

E BEST FOR 1/2/4 CHANNEL ]

any good tone arm or
}  player at rcasonable

settings (1-2 grams),
yet sharply reduces record

wear. Even compared to ellipticals
tracking at a fraction of a gram. Your
records will last longer, sound better.

v é'ﬁ

Stress analysis photos show concentrated high pres-
sure with elliptical stylus (feft), reduced pressure,
less groove distortion with Shibata stylus (right).

The ATI5Sa even helps improve the
sound of old, worn records. Because
the Shibata stylus uses parts of the
groove wall probably untouched by
other elliptical or spherical styli. And
the AT15Sa Shibata stylus is mount-
ed on a thin-wall rapered tube, using
a nude square-shank mounting. The
result is [ess mass and greater precision
than with common round-shank styli.
It all adds up to lower distortion and
smoother response. Differences you
can hear on every record you play.

Don’t choose a cartridge by name or
price alone. Listen. With all kinds of
records. Then choose. The AT15Sa
UNIVERSAL Audio-Technica car-
tridge. Anything less is a compromise.

audio-technica

INNOVATION o0 PRECISION 0 INTEGRITY
AUDIO-TECHNICA U.S,, INC., Dept 1264 33 Shiawassee Ave., Fairlawn, Ohio 44313

about 40 years ago, approximately the
same time period in which the fore-
runner of the modern tape system,
the German Magnetophone, was
being developed.

Certainly, a pilot tone recorded at
the beginning of each track would en-
able the user of a tape to set his tone
levels closely. All that would be need-
ed in any playback system would be a
standardized level indicator. The re-
maining problem would be the
recording volume measurement and
adjustment procedure.

I wonder whether any consumer-
type audio equipment which uses me-
ters labelled VU comes equipped with
certification that the meters meet the
prescribed requirements for dynamic
characteristics. If not, the manu-
facturers are missing a bet—think of
how much more they could get for
equipment with “certified VU me-
ters.”

The author’s thoughts about a dif-
ferent scale and, perhaps, a different
unit are fine. In my opinion, let’s turn
the VU back to the broadcast and long
lines people and come up with a new
method of volume measurement tied
in with the characteristics of modern
equipment and using methodologies
unknown 40 years ago. Of course,
there would have to be a new refer-
ence standard correlated with the 0
VU reference volume, but that should
be easy. And the basic knowledge de-
veloped in coming up with the vol-
ume indicator should not be wasted.

Paul E. Griffith
Black Mountain, N.C.

ADDENDA

Rumble Filter/

Bass Boost Circuit
Dear Sir:

I would like to correct my article
““Build a Rumble-Filter/Bass-Boost
Circuit”” which appeared in the July,
1976 issue of Audio.

In Example #2 the ratio of R2/R1 is
equal to 2. In the section on Design
Adoption, the reference to Fig. 7 is
meant to apply to Example #2. In Fig. 1
the values of C1 and C2 are .047 «F,
and R2is 100K. In Fig. 4 the caption for
the horizontal axis should read “’Ratio
of R2/R1.” In Fig. 5 the vertical axis
should begin at 100 Hz and go up to
1000 Hz.

For those wishing a more detailed
analysis of this circuit, | can recom-
mend Active Filter Cook Book written
by Don Lancaster and published by
Howard W. Sams and Co., Inc.

Dick Crawford
Los Altos, Calif.
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The Sensuous Speaker.

Yamahas new two-way beryllium demz=

NS-500.
A very r2sporsive speaker with a -icy
luscious sounc. A deepls involving soand
Highly c=Fned. fimely detailed.
The N&-5)¢ is ereated-from the same
advaneed bz-yll.um tz=chnology thats
made Yamaha's revolutionary NS-1J0Z
Series gpaakers, n the eyes and ears ot
many aucid 2xparts, the anighest standanc
of sound accuracy. (Spzcific benefits of
Yamahas be-yllium technology have keer
documeded i a paper dresented to the
52nd Cer venzcn of the Audio Engineer-
ing Scaety.)
With the 2S-508, you ged all of beryllium’s
advan-z3=s st-ansparency, detail, and lack
of disthton thzt go beyond the best eles-
trostatic soeakers), but st a price rouzh.=
half tkz of the KS-1000. Only $50C thwe
pair, sugmested retail prize.

The joy of beryllium.
The idezl ccme matenial for a high fra-
quency criver must ressond instant'y €
chang=z in amp itude z=nd frequency
the inoatsigaal. So the ideal dome mat=-
rial nmet be virtually weightless as we |
as extem=ly rigid.
Beryl'ium is the lightest and most rig:
metal kncwn. Iz density is less thar two-
thirds shet o7 commonly used alum:nim,
and izs —gidizy is almwost four times =s
great —tws preventingsdome deformatin
and aoazequert distordon. What's mcre,
berylieris scund propagation velocity s
twice tazs of aluminumr

- The pzrsllium dome found on the RS-

500’s kg1 fraquancy d-iver is the worlfs
lightesc —aput half t-e weight of cre
petal cf a small sweetheart rose. Wh:ch
1s onz f th= reasons for this speake=’s
excert oral sengtivity and response Axd
for its sersuo.s sound

A zloser look.
To be agle :o dffer th= sophistication of
beryli1m =t a more affordable price. wi:h-
out sac- fic.ng qualizy of performarce,
Yamzba desiznad the NS-500 as a two-
way bassreflax syster-
This gives the NS-503 a trace more emo-
tion a= z1e low end -aan the reso.utaly
object-v= NS-1000. B_- it also gives De
NS-Z@more efficiency (91dB SPL at ane
meter vtk one watt EMS input). Whizh
means you dor’t havs to invest in btie
highest” >cwered amplifiers or receivers
in onde- to drive the NS-500 to its Eull
ratec sLtpul.
For zr cptim.r match with the bervilinm
tweeter Yanaha devz.oped a very lht,
very rig.d “shell” wosfer. And a spedal
hermetsxcallv-sealed ai- core LC crossceer
with  cerefully selected 1.8kHz crossceer
poin:.
As a result cf these design paramezrs,
the N3 500 Socsts ar: :nsignificant J.03%
THD telcw 5@ dB SPL, from 40 H= to
20 K=z making it the derfect complem.ent

&
to Yamaha's state-of-the-art lew distort_on

‘electror:cs.

Undzrnzath the sleek monol -hic stArg
of .ts selidly crafted enclosures, the NS-
500 is full of manvy exclus ve Yamzha
features and distinctive Yam:zha touches
of craftsmanship.

But to Zully apprecizte the b=aut; of -he
NE-50@, you really should vist vou:
Yamahz Audio Specizlty Dea’ar.

Which Erings us to somethingelse

Something more tham ju=t
anotker speaker pam-hlet.
Yamaha's Reference Handboa of Spacker
Sistems is a very therough guide ercom-
passing el aspects of speaker design,
perormanze, and €valuati n. Starfing
with a detailed expanatior of spezlker
design principles, the discassien taem
tuns © a solid base of objective critzr a,
writer in easily understood angiage, o
helg you properly evaluate any speaker
in any listening envronmer:z. Akezcy a
much sought-after reference work amorg
aud:o professionals, Yamah='s Beferznce
Hazdbook 95 Speaker Systens is =vailahe
at your Yamaha Auslio Specia.t; Dealar.
A= $500 a copy, it’s well warth the cost.
However, i7 you clip out the oup-n ir- the
bottor: comer of this page, t=ke ©“to vour
Yamal a Audio Speczalty Decler and 1ear
a Jememst-ztion of the exciti-g N3-3(0 or
any o aer Yamaha speaker the back is

yours Tor half the prize.

And i1 you're not failiar w_th the mane
o vour cecal Yamaha Audio Specaky
Dezles, drop us a line. In tuin =€l akso
send sou a free preprint T the Aucio
Engireering Society pape- on Yamaia
beryllium technology mentismedabeve.

This coupon is wortt $2.5¢ off
the $5.00 suggested reail price cf
Y:maha's Reference Fandeoo% cf
Speaker Systems, when sresznted
ary participatmg Yamaha audio
de aler, with a d2monstratior of anw
Yamaha speaker system.

O~er expires Mareh 1, 1977

©YAMAHA

E. 0. Box 6600, kuena Pak,Ca 0523

C
Check No. 45 01 Reader Service Card
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Microphone

SENSITIVITY
Ratings

Alfred Lorona

One of the more commonly used
concepts in sound reinforcement,
recording, and reproduction and
one which often causes a great deal
of confusion is the microphone sensi-
tivity rating. This article will examine the
various methods used beginning with the
first principles, in order to provide a clearer
understanding of what the rating systems are
all about.

From our familiar experience, one of the
most common manifestations of sound is the
human voice. When speech sounds leave the
mouth at a normal speaking level, the fre-
quency components around 100 hertz cause a
to-and-fro displacement of the air molecules which
amounts to about 1/1,000 inch. This displacement
diminishes with distance from the speaker, and at
a distance of about 10 feet, it is reduced by about
60 times and the molecule displacement is 1/60,000
inch. The displacement can be reduced again by a
factor of 200 before it becomes undetectable by the human
ear. Atthis threshold level, when sound is just barely dis-
cernible, the displacement is about 1/10,000,000 of an inch. meter, which is a square one centimeter on each side. Be-
The voice frequency components around 1 kHz cause dis- cause pressure is defined as force per unit area, it is ex-
placements which are about 1/10 of the above, while fre- ll pressed in dynes per square centimeter, and it is written
quencies around 2 to 4 kHz cause displacements in the 8 dynes/cm?” Sometimes you encounter the term microbar,
order of 1/10 the diameter of an air molecule! While these B8 which will cause no confusion if it is kept in mind that this

ture, intensity (flow of energy), and
static pressure build-up at a reflecting
surface. In order to gain a knowledge
of the strength or magnitude of a
sound wave, we have to measure one
or more of these physical properties. The
most fundamental property from a phys-
icist’s point of view is intensity, and this is de-
fined as the flow of energy per unit time in a
specified direction through a unit area per-
pendicular to the direction of flow. This is a
very difficult measurement to make. The easi-
est property to measure is pressure, which is
particularly fortunate because microphone
output voltage is directly proportional to sound
pressure. Being able to express a sound wave in
terms of pressure units facilitates the relationship
between sound waves and microphone output.
Sound wave pressure is expressed in units of force
per unit area. The unit of force is the dyne. One
dyne is a force of such magnitude as will cause a mass of
one gram to acquire an acceleration of one centimeter
per second per second. The unit of area is the square centi-

figures are indeed interesting, displacement amplitude is B8 term simply means one dyne per square centimeter.
not used directly in sound work. Instead, another relation- We are now in a better position to talk about sound pres-
ship of air with sound is used. 8 sure in a more exact way, but it might be well to pause for a

moment and consider the sound pressures found in our
everyday experience and surroundings. Normal atmos-
pheric pressure at sea level is about 1,000,000 dynes per
square centimeter. Upon this steady or static pressure are
superimposed the sound wave’s molecular displacements.
At the threshold of hearing, where sound is just perceptible
to the ear, the sound air pressure due to molecular dis-
placement is 0.0002 dynes per square centimeter. The
highest tolerable sound pressure, that is where sound
becomes painful, is typically 640 dynes per square centi-
A meter. This is called the threshold of pain. The sound pres-

sure resulting from a normal speaking male voice at a dis-

SEESET

What Mikes Measure

A microphone is an electroacoustic transducer used to
convert acoustic energy into electrical energy. Micro-
phones convert the periodic variations in air pressure into
proportional variations of current or voltage. Let us there-
fore consider some facts concerning air pressure variations
before we get into the microohone sensitivity ratings, and
make some basic definitions as well.

Sound waves cause variations in the physical properties of
air. These properties are air pressure, particle velocity, pres-
sure gradient (rate of pressure change), density, tempera-
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tance of 12 inches from the mouth is about 10 dynes per
square centimeter, while the pressure right at the same
speaker mouth is about 100 dynes per square centimeter.

Rating a microphone or finding microphone sensitivity
means expressing the output voltage or output power from
the microphone as a function of a certain acoustic excita-
tion or pressure. This procedure results in an unambiguous
and reproducible method, with results that allow compari-
son between different microphones from a given manufac-
turer or between microphones from different manufac-
turers.

Intensity and Pressure

It now is necessary to determine how sound pressure
varies with distance from the sound source. Sound intensity
has been defined as the rate of flow of energy per unit area.
The unit of sound intensity is 1 erg per second per square
centimeter and is written erg/sec/cm?. The intensity repre-
sents the power in the wave so that intensity can also be ex-
pressed in watts per unit area which is the square centi-
meter. In other words, intensity is power transmitted per
unit area. From a consideration of the energy properties in a
sound wave, the intensity is given by:

lo = P?/Ra watts per square centimeter (1)
where lo = intensity in watts/cm?,
P = sound pressure in dynes/cm?, and
Ra = acoustical resistance and is given by Ra = pc,
where p = density of air in grams/cm?, and
¢ = velocity of propagation of sound in air in cen-
timeters per second.

At normal atmospheric pressure of 1,000,000 dynes/cm?
and at a normal temperature of 20°C, p = 0.0012 grams/cm?
and ¢ = 34,400 cm/sec. Their product is 42 and equation (1)
becomes:

lo = p?/ 42 watts/cm? (2)
Sound intensity decreases inversely as the square of the
distance according to the relationship
lo = Pa/ 4r* (3)
where Pa = rate of production of sound energy at the
source (acoustic power).
r = distance from the source.

lo is seen to be power per surface area of a sphere
because the wavefront expands spherically as it moves away
from the source. Since the total energy in the wave must re-
main constant, the energy per unit area must decrease as the
wavefront expands.

Equating (1) and (3)
Pa/4r? = P?*/Ra so that Ra Pa = P? 4 r?,
from which P = 1 Pa Ra/4r (4)

We now see that intensity is inversely proportional to the
square of the distance r from the source (equation 3) and
that pressure is inversely proportional to r (equation 4). The
decay of sound pressure and intensity with distance r from
the source is shown in Fig. 1. It is interesting to note that the
decrease of sound pressure is much more rapid when the
distance is small, and that outside a range of about four feet,
the rate of decrease is much less. Since the output from a
microphone is proportional to the pressure, it is seen that
the electrical output will vary in a like manner. At normal
microphone speaking distances, the output varies greatly
with small changes in distance, yet the microphone will pick
up background sounds at a surprisingly even level at what
appears to be widely varying distances from the source.

The concept of acoustic power is occasionally encoun-
tered in the literature, so we should note some typical
power levels found about us. The rms speech power emitted
by a speaker at normal conversational level is about 10
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microwatts acoustic power. When a person speaks as loudly
as possible, the power rises to about 200 microwatts, and
when shouting, to about 1,000 microwatts. When whis-
pering, the speech power is only about 0.001 microwatt. The
power corresponding to the threshold of hearing (where
the sound pressure is 0.0002 dynes/cm?) is 10~'® watts per
square centimeter.

Relative Levels

So far, we have been talking in terms of absolute values of
sound pressure and intensity. In sound work, intensity and
pressure levels are usually given with respect to some
reference or standard level, and the ratio of the actual value
to the reference value is given in decibels.

Acoustic intensity level is the average rate of sound
energy transmission through a unit area referred to an arbi-
trary intensity usually specified to be 10-'® watt/cm?, with
the result is expressed in decibels. The expression for the in-
tensity level is similar to the expression for the power ratio
in decibels with which we are all familiar, thus
I, = 10 log /1o decibels (5)
I, = intensity level,
| = sound intensity, and
lo = reference intensity (as in equation 1) and is 10 '*

watts/cm? as an arbitrary value.

\INTENSITY

NEANEEAN

SOUND
\\PRESSURE \\

PRESSURE 8 INTENSITY
o

2
N ~
N ™
| —
0
O | 2 3 4 5 6 7 8 9 10 il (2 (3 14 15
DISTANCE — r

Fig. 1—Intensity and pressure vs. distance.

Sound pressure level is the effective sound pressure at a
point in the medium, referred to an arbitrary reference
pressure usually taken to be 0.0002 dynes/cm?, and express-
ed in decibels. The expression for pressure level is similar to
the expression for voltage ratios and is

SPL = 20 log Pe/Po decibels (6)
where SPL = sound pressure level,
Pe = effective sound pressure in dynes/cm?, and
Po reference sound pressure and is 0.0002
dynes/cm?.

Note that the reference levels in (5) and (6) are those
levels occurring at the threshold of hearing and that 0.0002
dynes/cm? is equal to a power of 10! watts/cm?.

By what we have seen so far, we note that any sound pres-
sure can be stated as so many decibels above the defined
threshold of hearing reference level. This relationship forms
the basis for such statements as "‘the threshold of pain is 140
dB,”” "“the rustle of leaves is 10 dB,” “ordinary conversation
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at three feet is 65 dB,” etc. Table | shows some of these
typical values.

The following brief example will show how the table is
constructed. We know that the sound pressure level for
ordinary conversational speech is about 10 dynes/cm?® at a
distance of one foot from the mouth. Referring to Fig. 1, ata
distance of three feet the pressure has decreased from a
relative value of 5 at the one-foot distance to about a value
of 2 at the three-foot distance. The value at three feet is
therefore 2/5 times the value at one foot. The value at one
foot is 10 dynes/cm?, so that the value at three feet is 2/5(10)
= 4 dynes/cm?. From equation (6), SPL = 20 log 4/0.0002 =
66 decibels. This is the value given in Table | for conversa-
tion at three feet.

Deriving Sensitivity Ratings

There are basically two methods by which microphone
sensitivity is rated, in terms of voltage or in terms of power.
Within these two main categories are several different
methods in common use. These are listed below.

1. Open-circuit voltage output relative to a reference
voltage level for a sound pressure of 1 dyne/cm?. The result
is expressed in dBV where the V means that 0 dB is taken at a
1 volt level.

2. Open-circuit voltage output relative to a reference volt-
age level for a sound pressure of 10 dynes/cm? expressed in
dBv.

3. Voltage output relative to a reference voltage level for a
sound pressure of 1 dyne/cm? when the microphone is con-
nected to a 40,000-ohm terminating resistor. The result is ex-
pressed in dBV.

4. Output power relative to a reference power level for a
sound pressure of 1 dyne/cm? expressed in dBm where the
m means that 0 dB is 1 milliwatt.

5. Output power relative to a reference power level for a
sound pressure of 10 dynes/cm? expressed in dBm.

6. Output power relative to a reference power level for a
sound pressure of 0.0002 dynes/cm?® expressed in dBm. The
result is called Gm and is the EIA microphone sensitivity
rating.

Unfortunately, there is little mutual agreement among the
microphone manufacturers as to which rating system is
preferable, and manufacturers have employed one or more
rating systems for their products. Often, the manufacturers
utilize the voltage output rating for high impedance micro-
phones and the power rating for low impedance micro-
phones. Among the voltage output ratings, method 1 is the
more popular, and among the power output ratings,
method 5 is the more popular. Method 6 is also used by
many manufacturers.

Voltage Method
When the microphone response is given in terms of out-
put voltage, the open-circuit {unloaded or unterminated)
voltage is given relative to a reference of 1 volt for a 1 dyne/
cm? sound pressure and is the more commonly used system
for rating high impedance microphones, as explained
above. The result is expressed in decibels and is given by
n = 20 log E/P 7)

where n = response in decibels,
E = open-circuit voltage in volts,
P = sound pressure relative to 1 dyne/cm?, and
P = Pe/Po (8)
where P = sound pressure relative to 1 dyne/cm?,

Pe = actual sound pressure in dynes/cm , and
Po = reference sound pressure and is 1 dyne/cm
As an illustration of the rating method, consider a micro-
phone that delivers a voltage output of 0.1 millivolt for a
sound pressure of 1 dyne/cm?. Then

0.1 x10°?
1
1
Now suppose that the sound pressure is increased to 10
dynes/cm?. Since the voltage response is linearly propor-
tional to the pressure, we should expect the voltage to be 10
times as much or 1 millivolt. Under these conditions

-3
n = 20 log %0— - -80 dBm.

n = 20 log = -80 dBm.

One of the beauties of the rating system is that it is inde-
pendent of the test pressure level and is a property of the
microphone itself. Of course, when testing or rating the
microphone, the standard pressure is applied. The example
clearly illustrates the value of the system when different
microphones are compared.

Table I—Sound vs. relative levels above defined threshold of
hearing.

Source or description of sound Sound level (dB)

Threshold of pain 140
Speech with lips at microphone 114
Speech with lips 12 inches from microphone 94
Conversation at 3 feet 66
Average office 60
Country house 30
Rustle of leaves 10 to 18
Threshold of hearing 0

When a microphone sensitivity is given as -80 dBm in a
catalog, the actual output voltage can be found by calcu-
lating it from (9).

dBm = 20 log E—:)eL%

80 = 20 log E—o1u—t

Remember that this is an open-circuit {unloaded or unter-
minated) voltage. When the microphone is connected to a
terminating or load resistor, usually the input resistor of a
preamplifier, this voltage will be less. In the case where this
input resistor is the same as the microphone resistance, the
voltage will divide equally across each resistor, as shown in
Fig. 2. The voltage across the load resistor will be half the
microphone open-circuit output voltage, which amounts to
a 6-dB voltage loss. In practice, most high impedance
microphones are not terminated with a resistance equal to
the internal or nominal resistance. Usually the terminating
resistance ig much higher in value. Under these conditions,
the loss of available microphone open-circuit output volt-
age will be less than 6 dB.

The voltage loss due to terminating a microphone with a
finite resistor is called the voltage loss due to the coupling
factor, which is found from the following relationship:

9

from which Eout = 0.0001 volt.

Coupling factor = 20 log Ri/R+Ri (10)
where Ri =terminating or amplifier input resistor
and
R = microphone resistance given by manu-
facturer.

Typical values of the Coupling Factor are given in Table II.
A microphone will occassionally be rated using method
number 2. In the example illustrating the use of method
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A speaker unlike any other.

The Acoustic
Matrix enclosure
yields performance
unattainable with a
conventional wood
enclosure.

Nine drivers are
mounted in the

N | W
v/

RN

.

Acoustic Matrix enclo- ’

sure, four on each
rear panel and one
facing forward.

Introducing the
Bose 901® Series III.

In 1968, Bose introduced
an unconventional loud-
speaker system: the legend-
ary Bose 901. Now, we are
introducing a new speaker
of revolutionary concept,
design, materials, and per-
formance: the Bose 901
Series Iil.

What you will hear.
You will be struck by a sense
of immediacy and presence,
spaciousness of sound, and
accurate stereo image
almost anywhere in the room,
Equally startling are the
realism and accuracy of the
timbre of each instrument,
the clarity and dynamic
range of the deepest bass

notes, and the precise
definition of individual in-
struments.

Efficiency

Most dramatic, however, is
the remarkable efficiency
with which this level of
performance is achieved:
the new 901 Series lil can
produce the same volume
of sound witha 15 watt
amplifier as the original 901
with a 50 watt amplifier.
This dramatic breakthrough
in the basic economics of
high-fidelity makes it pos-
sible to put together a high
performance component
system at a lower price than
was previously possible, even
though the 901 Series Il

is @ more expensive speaker
than its predecessor.

Key to both perform-
ance and efficiency
is the new 901 Il
driver, with molded
frame and aluminum

“ Ataperect Reactive
Air Column radiates
the lowest bass from

helical voice coil.

the tour drivers on
each rear panel.

Technology
Spectacular performance
and efficiency are the results
of proven Bose design con-
cepts and technological
innovations that include the
unique, injection-molded
Acoustic Matrix'"' enclosure
and a new, ultra-high-
efficiency driver.

At the same time, the 901
Series ll is (as is the original
901), a Direct/Reflecting ®
speaker with a separate elec-
tronic equalizer.

To appreciate the spec-

~ tacular performance of the

Bose 901 Series lll, simply
ask a Bose dealer to play the
901 Il in comparison to any
other speaker, regardless of
size or price.

For a full color 901 I

Patents issued and pending. Cabinets are walnut veneer.

brochure, write Bose,

Box AU12, The Mountain,
Framingham, Mass. 01701.
For the nearest Bose dealer,
call (800) 447-4700. In
Ninois call (800) 322-4400.

o -/ /7

The Mountain, Framingham,
Mass. 01701.
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Table lI—Voltage loss in dB for various ratios of input im-
pedance and mike impedance.

Ri/R+Ri 0.5 0.56 0.63 0.71 0.79 0.89
Coupling

Factor

(loss in dB) -6 -5 -4 -3 -2 =1

number 1, the microphone was seen to deliver 0.7 millivolt
output for a 1 dyne/cm?* applied sound pressure (or 1 mV
output for 10 dynes/cm?) and reference level of 1 dyne per
cmz. If the reference is 10 dynes/cm? as for method number
2, using (7) and (8) with Po = 10 dynes/cm? will yield a sen-
sitivity rating of -60 dBm. This is shown as follows
1x10°

Therefore, to convert from method 1 to method 2, merely
add 20 dB. Conversely, to convert from method 2 to method
1, subtract 20 dB from the given rating sensitivity. These con-
versions are useful when comparing microphones from dif-
ferent manufacturers who use different ratings.

n = 20 log

Power Method

When the microphone response is given in terms of
power, the power output is given relative to a reference of 1
milliwatt and relative to a sound pressure level of 10 dynes
per cm?. This method alwzys assumes that the microphone is
connected to a matched load. This is the most commonly
used method for rating low impedance microphones and
the result is expressed in decibels.

Consider a microphons connected to a matched load
resistor. When the load resistor Ri in Table Il is equal in value
to the microphone resistance, half the open-circuit voltage
output appears across the resistor. Under these conditions,
the voltage across Ri is 12E. The power in the load resistor is
found from W=E%/R. In our example

W = (WE)?2/R = E¥/4Ri watts (1

In order to express the power in decibels, we take the log
of the power ratio according to the well-known relation-
ship

dB = 10 log W/Wo (12)
where W = power in the load as found from (11) and
Wo = reference power level and is 0.001 watt.

Taking the reference power level as 0.001 watt (1 milli-

watt) is in accordance with the definition for microphone

Table 1ll—Nominal miciophone impedances vs. rating
impedances.

Nominal impedance, ohms Rating impedance, ohms

19 to 75

75 to 300 150
300 to 1,200 600
1,200 to 4,800 2,400
4,800 to 20,000 9,600
20,000 to 80,000 40,000
80,000 or more 100,000

sensitivity by the power method. Also, according to the defi-
nition, E must be taken relative to the reference sound pres-
sure level of 10 dynes/cm?. The relation of E to sound pres-
sure P is E/P,
where E = microphone open-circuit voltage output and
P = Pe/Po asin (8).
where Pe = actual sound pressure in dynes/cm? and
Po = reference sound pressure and is 10
dynes/cm?.
Substituting these foregoing relationships into (12) where
G
£/
w = ~Po/  and
4 Ri
Wo = 0.001 results in dB

E 10 >
\ Pe/

= 10 log TR
0.001
Which simplifies to
dB - 20 log 5 - 10 log Ri + 44 (13)

from which the sensitivity rating is found directly. This
method is also called the open circuit power or effective
output level.

o
AAA "
¥

N P
m

Fig. 2—Voltage loss when microphone impedance is
equal to terminating impedance (usually the input
resistor of a preamp or mixer).

In (13), Ri is the microphone nominal impedance as given
by the manufacturer in the catalog description. When evalu-
ating (13) to find the microphone rating, the manufacturer
applies test pressure Pe, measures the voltage output E, and
inserts the rating impedance into the formula to calculate
the answer. The rating impedance for use in this deter-
mination is not the catalog nominal impedance but the
impedance as found from Table IlI.

Equation (13) is based on a reference pressure level of 10
dynes/cm?. If the reference pressure level is taken as the
threshold of hearing where it is 0.0002 dynes/cm?, then the
expression for the microphone sensitivity rating becomes

dB - 20 log ]E,é - 10 log Ri - 50 (14)

And is called the Gm microphone system rating.
The difference between (14) and (13) is

20 log |E>_e - 10 log Ri + 44 - (20 log f,_e_ 10 log Ri - 50)

= 94 db.
Therefore to convert from Gm to method number 5, add 94
dB. To convert from method 5 to Gm, subtract 94 dB.
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| SIEREO CABSETIF TA

Three head recording makes a difference.

Whether you choose the top-loading Hitachi
D/3500 or the front-loading D/800 Stereo
Cassette Tape Deck, you'll get all the benefits
of three-head recording and playback.

Three-heads give you separate record and
playback capability with separate and optimum
gap widths —a wider gap for more magnetizing
on recording, a narrow gap for improved
frequency response on playback.

Three-heads provide other benefits, too.
You can monitor the tape while recording.

The double Dolby" feature gives you improved
signal-to-noise ratio on both the tape and the
monitor output simultaneously.

Naturally, there are other features that will
make these two Hitachi cassette decks
attractive to you. They’re listed below.

» Front-loading convenience (D/800 only)

e Double Dolby circuit for recording and
playback e Dolby calibration control e Dolby
FM broadcast decoder ¢ Signal-to-noise
ratio of 63 db with Dolby in ¢ Wow and flutter —
0.05% WRMS e Peak-reading/VU meters o
Mic/line mixing (D/ 3500 only) » CRO; bias
switch » MPX filter.

We make a full line of quality stereo
cassette decks starting from just $149.95.
See them all at your Hitachi dealer.

HITACHI

Believably Better

Dolby System under license from Dolby Laboratories,
Inc. Prices subject to change without notice. Audio
Components Division, Hitachi Sales Corporation of
America, 401 West Artesia Blvd.. Compton. CA 90220.

Check No 18 on Reader Service Card
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System Gain

When a microphone, rated in terms of voltage, is con-
nected to an amplifier which is rated in decibels of voltage
gain, the output of the combination can be easily found
from

microphone rating in dBV + coupling fac-
tor + amplifier gain in dBVg, where dBVg is
the amplifier voltage gain in decibels.

System Gain =

For example, consider a microphone with a dBV rating of
-58 dB connected to an amplifier input with an input resis-
tance equal to the microphone impedance and a voltage
gain of +80, which is typical. The coupling factor is -6 dB,
and the system gain is then

S.G. = -53 -6 +80 = +16 dBV

where 1 voltis taken as 0 dB (that’s what the V in dBV means)
so that +16 dBV is equal to 6.3 volts.

It should be noted that the calculated output applies only
when the rated sound pressure {for example, 1 dyne/cm?
using method number 1) is applied to the microphone. At
other sound pressures, the voltage is proportional to the
sound pressure, as we have seen. Thus, if the microphone is
used with a normal conversational voice at the nominal 12-
in. distance, the applied pressure will be 10 dynes/cm? and
the voltagz will increase by a factor of ten. Precautions
should be taken, however, to see that the amplifier does not
overload.

When a microphone, rated in terms of power, is con-
nected to an amplifier whose gain is expressed in decibels of
power gain, the output of the combination can be found
from

microphone rating in dBm + amplifier gain
in dB.

For example, consider a microphone power rating of -60
dEm connected to an amplifier with a power gain of +40 dB.
Then

S.G. = -60 +40 = -20 dBm
where -20 dBm = 0.00007 watt.

System Gain =

If the output load resistance is 600 ohms, the voltage across
the load will be 0.077 volts.

The Gm sensitivity rating is used most frequently when
the sound system rating includes the acoustic output froma
loudspeaker at the output of the system. Otherwise the Gm
rating is converted to method number 5 by adding 94 dB as
has been explained.

Actually, the easiest way to figure system gain when con-
fronted with microphones rated in dBV and amplifiers rated
in dB of power gain is to convert the amplifier power gain
into the equivalent voltage gain.

it is, of course, possible to convert a given microphone
voltage rating to the equivalent power rating from

20 log E/P - 10 log Ri + 44

which is the power rating response where 20 log E/P is the
voltage response, as in equation (7). For example, if we have
a microphone with a dBV rating of -70 dB and Ri is 150
ohms, then

dB = -70 -10 log 150 + 44 = -47.76 dBm.

If the foregoing principles are kept in mind, converting
from one rating system to another will be facilitated and
valid comparisons can be made between the microphones
produced by the different microphone manufacturers. 4

What have Quad been uptorecently?

Current Dumping thats what

Cunient Dumping is the name given to a totally new power
amplifier circuit developed by QUAD.

A current dumping amplifer basically consists of a low
power amplifier of very high quality, which controls the
loudspeaker at all times and a high powered heavy duty
ampliffer which provides most of the muscle.

The small amplifier is so arranged — it carries an error signal
— that provided the heavy duty transistors (the dumpers) stay
within the target area of the required output current, it will fill
in the remainder accurately and completely.

The reproduced quality is solely dependent on the baby

QUAD

amplifier, which because of its low power, can be made very
good indeed.

The QUAD 405 is the first amplifier to incorporate current
dumping.

There are no interna! adjustments, so nothing to go out of
alignment.

There are no crossover distortion problems and performance
is unaffected by thermal tracking.

The QUAD 405 offers impeccable performance, reliably
and predictably.

Send postcard for illustrated leaflet to Acoustical Manu
facturing Co. Ltd., Huntingdon, Cambs., PE18 7DB, England.

forthe closest approach tothe original sound

QUAD is a Registered Trade Mark



The new SCXA.

Demonstrabl‘y better.

Eminently af

The SCXA may very well be the best “perfor-
mance-to-value” loudspeaker the high fidelity industry,
has ever produced.

Abold statement?

Consider the details of the SCXA. Let’s start

with the tweeter array. What will strike you immediately

is the flat tweeter known as the DVR. Here is a device
that combines the best attributes of dynamic and
electrostatic tweeters. What it is exactly is an ultra-thin
Kapton membrane with an etched printed circuit
“voice coil” suspended between twenty rare-earth
samarium cobalt magnets (the most powerful magnet
material in the world). How thin is ultra-thn? Or.e mil
to be exact. Which translates into a membrane which
weighs approximately the same as the air you'd find
in a whiskey shot glass. Because the membrane mass
is so low and the magnets have such extraordinary
force, the inertial qualities are exceptional The mem:-
brane can be accelerated and stopped with extreme
accuracy. This results in very extended response (well
beyond the limits of normal test equipment). It also
means a response that is transient perfect. And Hhase
perfect, as well. All forms of distortion, inc.uding odd
order harmonic distortion, are reduced to an atso- /~
lute minimum.
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The DVR Tweeter

In addition to the DVR tweeter, the array
also features a specially designed one-inch dome
tweeter that works in exactly the same frequency
range as the DVR. This dome complements the
exquisite linearity of the DVR with its own splendid
dispersion characteristics. The results are awesome.
Fuzziness disappears. The inner voices of the orchestra
come alive. There’s the kind of airiness and trans-
parency you find only in the concert hall. Indeed, it is
almost disconcerting to have that kind of reality in
your home. But it’s an experierice that's worth getting
used to.

The SCXA’s midrange needs very little discussion.
It is considered by most experts to be the best 4" cone
that has ever been made —and it easily lives up to its
reputation.

As for the SCXA’s 12" Megaflux™ Woofer; it is
probably the most unique magnetic structure avail

ordable.

39

\ able today. Its amazing magnet design c-eates
and focuses mag-etic energy (flux) wita essen
tially no external stray field. Since all of the

energy is directed to an exact and predetar-

mined area of the voice coil, very large woofer
excursions are possible. Also, the magnetic field pro-
duced is so uniform that many non-linear types of
distortion found in conventional designs simply are no
factor in this configuration. And this woofer can han-
dle a staggering amount of power—over 200 watts

RMS at 30 Hertz.

What we’re obviously trying to say is that the
SCXA is an exceptional loudspeaker —a demon-
strably better way to listen to music. It's also an afford-
able way to listen to music. To find out just how afford:
able, we suggest you visit your KLH Research Ten
dealer soon. We're sure you'll be pleasantly surprised.

For more technical information, write to KLLH
Research & Development Corp., 30 Cross St.,
Cambridge, Mass. 02139. (Distributed in Canada by
S.Allen Pringle Ltd., Ontario, Canada.)

I..l"'g lIl i
F""Ql .L%.:l ’

KLH Research Ten Division
KI.H Research & Development Corp.
30 Cross St., Cambridge, Mass. 02139

-

Check No. 22 or Reacer Service Card
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Nearly a year ago, | heard an early
prototype of a consumer electronic
audio time-delay unit developed by a
company called Audio Pulse, Inc. This
first audition was conducted in a rath-
er small hotel room in Chicago and,
by the time | had spent an hour or so
listening to that room “expand’’ into
various sized and configured concert
halls, I was cenvinced that audio time
delay would be the next major
““wave’’ in the advancement of the au-
dio art as it relates to home high-fidel-
ity equipment. After several months
delay, the Audio Pulse Model One
digital time-delay system is in produc-
tion and available to high-fidelity en-
thusiasts. A company called Sound
Concepts, Inc. has come up with the
Model SD-50 Audio Delay unit, which
is also in production and available.
Both units purport to offer the same
end results but, as we learned from a
hands-on, in-depth study of each,
both the circuitry and approach of
each unit differs widely from that of
its competitor. In terms of price, the
Sound Concepts unit has a slight
edge, with a suggested retail price of

Leonard Feldman

P
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$600 as against Audio Pulse’s current
retail price of around $630.

Why Time Delay?

Some of the sound we hear at a live
concert performed in a large space
comes not from the stage where the
performers are located, but reaches
the audience after repeated bouncing
or reflection from walls, ceiling, and
floor. As sounds leave the stage, they
begin to mix with reflections from al-
most every available surface in the
hall. This process is so complete and
complex that the listener sometimes
hears as much or more reflected, de-
layed or reverberant sound than he
hears direct sound from the players.
For realistic recreation of what has
come to be called ““hall ambience,” it
is necessary to both delay and rever-
berate the original music signals. A
pictorial representation of a typical
sound field is shown in Fig. 1. In addi-
tion to the time delays of the early and
later reflections, the rate of decay of
the entire sound field plays a part in
our ability to identify a given hall.

Finally, as sound travels about the

’
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hall, bouncing off surfaces, its high-
frequency content is progressively ab-
sorbed and irregularly attenuated. So,
to simulate this aspect of a hall’s char-
acteristics, any electronic time-delay
device designed for home use must
“roll oft” the high frequencies repro-
duced by the additional channels that
will be used to recreate the de-
layed/reverberant sound fields de-
sired. Both the Sound Concepts and
Audio Pulse units take care of these
requirements in varying degrees by
means of totally different circuit ap-
proaches.

Digital Time Delay

One way to electronically delay an
audio signal is to first convert it into a
digital code by means of an A/D (Ana-
log-to-digital) converter. The digital
signal is then passed through a series
of shift-registers to introduce re-
quired delay, after which the digital
signals are reconverted, by means of a
D/A converter, back to analog signals
suitable for amplification and appli-
cation to the extra rear or side speaker
systems. This is the basis of the ap-
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Best Friend

Fine recordings have many enemies. The moment a recording is
taken from the jacket, it must face them-— dust, dirt, grime. All
do their best to turn your new recorcings into oid, worn-
out ones. That’s why Audiotex Laboratories developed
Total Concept— specially formulated record care pro-
ducts for your record collection. Products designed to
prolong the life of your records. So zet acquainted with
Total Concept. With all the dust, dirt, and grime that’s around,
your records need all the friends they can get.

rMeet Your Record
Collections’ New

‘Total Concept Kit

All the record maintenance accessories you need for total
record care. Kit contains one each of Record Plus, Record
Basic, Record Purifier and Blue Max.

Cat. No. 30-8500

H Record Basic
. " Aerosol foam dissolves

hardened contaminants
14 and restores records to

| original condition. Sim-
ply spray on record,
allow to bubble, then
wipe dry with Record
Purifier.
Cat. No. 30-8530

Record Plus

Dual purpose spray
dissolves finger smudges
and other harmful de-
posits as well as lubricat-
ing record grooves to
prevent wear. Leaves a
microscopic layer of sili-
cone lubricant that con-
tains an anti-static agent
and fungus inhibitor.
Simply spray record,
then gently wipe surface.
Cat. No. 30-8525

Check No, 17 on Reader Service Card

Record Purifier

Super-soft, super absor-
bent cleaning cloth.
Fibrous texture gently
and safely wipes record

Plastic tube contains 6
Record Purifiers.
Cat. No. 30-8535

surface dry in an instant.

‘Total Concept—
Sophisticated
record
maintenance
accessories,
preferred by the
discriminating
listener.

Sa—
Blue Max

Velous fibers remove dust and

other foreign particles from

record grooves as well as absorb-

ing excess lubricating liquid.

May be used hand held or while
record is on turntable. Comes

complete with storage contain-
er and nylon brush for cleaning

Blue Max.
Cat. No. 30-8540

Available At Audio Specialists Everywhere.

A

Audiotex
Laboratories

DIVISION OF HYDROMETALS, INC.
400 SOUTH WYMAN STREET
ROCKFORD, ILLINOIS 61101 U.S.A.
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Fig. 1—Representation of a sound field showing direct
sound, echoes, and reverberation.

proach used by Audio Pulse in their
Model One. An overall block diagram
of one channel of the unit is shown in
Fig. 2. Main Input jacks are coupled
directly to the Tape Out jacks and to
the Monitor switch, where either the
Main or Tape input signal is passed to
an input buffer stage. Its output goes
to the Primary output switch and to a
contour circuit which applies a boost
of 6 dB/octave below 100 Hz when
the back-panel Contour switch selects
that option.

Seven-step, switchable-gain ampli-
fiers precede and follow the de-
lay/reverberation circuits (about

which more in a moment) so that the
level of the incoming signal is
matched to the dynamic range of the
digital delay circuits. The use of input
and output gain controls (which are
matched) provides unity gain oper-
ation of the system. The level-adjust-
ed signal at the input to the digital de-
lay circuits also feeds a series of 12
front-panel LEDs which show when
the user has selected that gain setting
which is ideal for the digital delay cir-
cuitry. The delayed and reverberated
signal is then fed to a mixer where itis
mixed with the primary (undelayed):
signal and fed to the Delay position of

DIRECT

TAPE IN
BUFFER FLAT,
GAIN IN
MONITOR CONTOUR
TAPE OUT SWITCH

PRI.

LEVEL MATCH CONTROL i out
OELAY
DELAY P
CIRCUITS OIRECT
fo -
gl CEVEL . SEC
INDICATOR] [SELECTIVE
AND DELAY
PHASE-
SHIFTING
NETWORK
FROM
OPPOSITE
CHANNEL

Fig. 2—Block diagram of the Audio Pulse Model One cir-

cuitry.

Fig. 3—Block diagram of the Audio Pulse Model One De-

lay/Reverberation circuitry.

S
ADDITIONAL
o TAP

FULL MIXER
BUFFER LOW- AUDIO-TO- SHIFT | peLAY| DIGITAL- (D!ECEAY L CHANNEL
LIN AND |—{ PASS [—={ DIGITAL +REGISTER TO-AUDIO TIME _?_OOUT
MIXER FILTER ENCOCER MEMORY OECOOER CONTROL)
OELAYED PARTAL
R CH DIGITAL- TO R CHANNEL
CHANNEL DELAY A )
DECODER

the Primary (main channel) output
switch.

The delayed and reverberated sig-
nals in both channels are also fed to
an inter-channel mixing and phase-
shifting circuit. Audio Pulse maintains
that the reverberant-field energy ar-
riving at a listener’s ears is largely in-
coherent and random-phase in na-
ture. The output circuitry of the Mod-
el One therefore includes a phase-
shifting matrix intended to ensure
that the delayed signals will have a
non-localizable character. The re-
sultant output signals are fed to the
Secondary output switch, where the
user may select either the direct or
delayed signal to be fed to the sec-
ondary channels and speakers.

A detailed block diagram of the
”Delay Circuits” block of Fig. 2 is
shown in Fig. 3. Again, only one chan-
nel is shown. The input signal from
the Level Match controls goes to a
buffer where it is mixed with recycled
opposite-channel signals. A low-pass
filter attenuates frequencies above 8
kHz. The audio signals are then en-
coded into digital on-off pulses which
are then fed into shift registers. When
the pulses emerge from the shift reg-
isters (time delay is proportional to
the number of shift registers used),
they are decoded to recover the au-
dio signal. Four different delays are
obtained, two in each channel. The
delayed pulse trains are decoded to
yield audio signals. In each channel
the fully and partially delayed audio
signals are fed to a variable mixer. The
relative proportions of partial and full
delays are controlled via a front-panel
bank of selectable Decay Time switch-
es. When any of the Decay Time
switches is engaged, the delayed out-
put from each channel is fed back and
mixed into the output of the opposite
channel, where it is further delayed
and then fed back to the input of its
original channel and so on. In addi-
tion to the cross-channel recycling
loops, there are also recycling loops
within each channel (not shown in the
block diagram). When each signal is
recycled, it is mixed into the input ata
reduced level, corresponding to the
attenuation of a sound wave as itis re-
flected off the walls of a concert hall.

In addition to being fed to the de-
cay time mixer, the fully delayed and
partially delayed outputs of the digi-
tal-to-audio decoders are also fed to
additional rear-panel Long and Short
output jacks. These taps are within the
recycling loop and contain rever-
berant signals, but their echo patterns
are different from those at the Sec-
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WHY MOST CRITICS USE
MAXELL TAPE TO EVALUATE

TAPE RECORDERS

And-a tape that doesnt

Any crtic who wants 1o
do a comgletely fair and
impartial test of a tape re-
corder is very fussy about
the tape he usss.

Because aflawed tape
can lead fo some very mis-
leading resus

A 1ape tat can't cover
the il audio spectrum
can keep a =corder from
avel reach ng its full
ootential

A tape thafs noisy
TMnakes it nard 10 measure
~ow Juiet ha -ecorder is.

A tap= "hat doesnt
have a wide enough bias
latitude can make you
question the tias settings.

sound corsistently the
same, fream end foend,
from *ape Ic tape. ccn
make yoa question the
stability o° re electronics.

If a cassette or 8-frack
jams, it ccsuggest some
nasty but =roneous com-
ments alcolt the drive
mechanism

And ita cassette or
8-track inhkoduces wow
and flutter s ap™ -0 pro-
duce sore test r=sults that
anycne Zon argus with.
. Fortunately, we test
every inc™ of every Maxell
cass=tte, 8-track and reel-
to-re=l tape to make sure

Maxell. The tape that’s too good for most equipment.

Mazell Coparaton of Ameiica, 130 West Commercial Ave.: Moonachie, New Jersey O7074.

| maxell®. 35 90 .

(s EommoRe

sy

they don't have the prob-
lems that plague other
tapes.

So itfs not surprising that
most critics end up with our
tape in their fape recorders.

Ifs one way to guaran-
tee the equipment will get
a fair hearing.

Check No. 25 on Reader Service Card
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Fig. 4—Block diagram of the Sound Concepts SD-50 with

one channel in the Stereo mode.

ondary outputs. The extra taps may be
used to create a six-charnel or eight-
channel system or, when the recycling
is cut off (by disengaging all the Decay
Time switches on the front panel), the
taps may be used to provide discrete,
non-reverberant time delays for use
in sound reinforcement applications.

Analog Time Delay

The Sound Concepts 5D-50 uses a
completely different electronic ap-
proach to achieve discrete time delay.
A block diagram of one channel of
this unit is reproduced in Fig. 4. A
high input-impedance, operational
amplifier stage, including the input
level-set control, is followed by a fow-

pass filter to block out any distortion-
causing FM subcarriers or other high
frequency leakage signals. Next
comes a high-frequency pre-empha-
sis stage and a 2-to-1 compression cir-
cuit. This circuit halves the dynamic
range of material presented to the SD-
50 input and helps to reduce inter-
nally generated noise to below audi-
bility. The compressed signals are
passed to a delay chain of charge-
coupled devices in large-scale inte-
grated circuit (LSI) form. These so-
called bucket-brigade chips operate
at a rate determined by a digital clock,
with the clock’s frequency deter-
mined by the front-panel Delay con-
trol.

From the bucket-brigade chips, the
delayed signals (which have remained
in analog or true audio form through
the process) pass through appropriate
buffering to a 1-to-2 expander circuit
— the complement of the com-
pression circuit on the input side of
the delay chain. Here, the signal is re-
stored to its original dynamic range
and de-emphasized. The combined
compander action serves to effective-
ly double the signal-to-noise ratio of
the SD-50's delay chain.

At the output of the expander, the
reverb signal is picked off, buffered,
additionally rolled off, and its level
chosen by the front-panel Reverb
control. This reverberation com-
ponent signal is passed on to the input
of the opposite channel’s compressor
system. Thus, the reverb input to the
right channel is the delayed left-chan-
nel signal, and vice versa. In this re-
gard, the design philosophy of the
Sound Concepts unit differs funda-
mentally from that of the Audio Pulse,
since rear channel delayed and rever-
berant information remains coherent,
rather than random. Following be-
yond the reverb pickoff point, there is
a ganged potentiometer which serves
as a level control operating on both
channels simultaneously.

Table I—Audio Pulse Model One specifications.

Input sensitivity for 0 dB: Seven levels, selectable via Level Match control—0.12,
0.2, 0.3, 0.5, 0.8, 1.2, 2.0 Volts rms.

Input impedance: 50 kOhms.

Output level: Primary output identical to input level (unity gain); Secondary out-
put variable from no output up to the input level.

Output impedance: Primary output, 500 ohms; Secondary output, 1000 ohms.

Maximum indistorted input level: Direct outputs (both Primary and Secondary)
z.S volts rms; Delayed output, frequency-dependent, 5 dB above “0 dB” at 1

Hz.

Noise level (20 Hz-20kHz, A-weighted): Direct outputs, 85 dB below 1 voit;
Delayed output; better than 65 dB below max. input level at 1 kHz (typlcally
68-70 dB).

Frequency response: Direct outputs, 10 Hz-40 kHz+0.5 dB; Delayed output, 20
Hz - 8 kHz +3 dB; frequencies above 8 kHz are attenuated by 18 dB/octave
filter.

Distortion: Direct outputs, 0.05% THD; Delayed output, under 1.0% THD
{measured with 1 kHz 0 dB input).

Initial delay: Four simultaneous delays ranging from 8 to 94 mS.

Reverberation decay time: Variable from 0.2 to 1.2 seconds (measured as the
time required for ““reverberant” output to fall by 60 dB following a transient).

Echo density: Maximum interval between successive delays is 20 milliseconds;
typical interval at most settings of the Decay control is under 10 milliseconds.
{(Echoes spaced more than 30 mS apart would be heard separately; closely-
spaced multiple delays blend into a lifelike ambience.)

Coherence of delayed outputs: Frequency dependent, typically under 20%. (A
low percentage is desirable, reflecting the fact that in a real acoustic space the
reverberant-field energy arriving at the listener’s ears is largely incoherent
and random phase in nature.)

Dimensions: 14% in. Wx 10in. D x 4% in. H. Weight, 10 |bs.

Power requirements: 110 Va.c., 60 Hz, 20 Watts.
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