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the best way
totumon

Blood, Sweat
& Tears?




Blood, Sweat & Tears are
accomplished musicians. They have
mastered the art of rock and jazz and
have creatively blended them to make
their own distinctive sound. Individually
and collectively B,S&T demands
perfection when they’re performing —
and when they're listening. So it's
really no coincidence they all decided
on Pioneer hi-fi components.

Their decision to use Pioneer
components was made the same way
you would make it — by listening to a
lot of brands in a dealer’s showroom.
Naturally, they wanted great sound.
Sound that didn’t cop out with eight
bars of Jim Fielder’s gut bucket bass
or crack up at the pulsating highs of
the trumpets of Lew Soloff and Chuck
Winfield. Sound that was free of
distortion across the entire audible
frequency range.

You don't have to be a pro —
fessional musician to appreciate
great sound. And you don’t have to
settle for mediocre sound because
you think you can’t afford it. Pioneer

stereo and 4-channel componants —
receivers, tuners, amplifiers, speakers,
turntables, cassette & open reel tape
decks, headphones — come in all
price ranges.

And regardless of which Pioneer
components you buy, you get the
same top quality that Blood, Sweat &
Tears have in their Pioneer
components. Quality that assures you
the finest in trouble-free performance.
Quality that meets our own high
standards of sound reproduction —
as well as yours.

If the fact that 10 skilled musicians
like B,S&T unanimously agree on
the outstanding performance of
Pioneer components doesn’t impress
you — visit your Pioneer dealer and
listen. That will.

U.S. Pioneer Electronics Corg.,

178 Commerce Road., Carlstedt,
New Jersey 07072

West: 13300 S. Estrella, Los Angeles,
Calif. 90248 / Midwest: 1500 Greenleaf
Elk Grove Village, Ill. 60007 /

Canada: S.H. Parker Co., Ont.

W PIONEER

when you want something better



Why is Sharpe
the only one to
guarantee
stereophones
slongasyoulive?

No one else does.

But we have good
reasons why we give a
lifetime guarantee on
our Model 770 . . . and
full year guarantees
on all our others.

We build in the highest
quality that turns out

a near-zero defect
record.

The Sharpe Stereophone
you buy has been
through a testing
ordeal that would

reject most other head-
phones on the market.
It's rare for a Sharpe
Stereophone to

come back to us.

That's why we can
pass on to you our savings
in repairs in the

form of absolute
guarantees. Inspect
this quality of Sharpe
Stereophones at your
nearest dealer. You'll
know what we mean.
For his name and
literature, check

the reader

g service

card.

%
»,

SCINTREX

AUOIO
DIVISION

BCINTREX INC.
Tonawanda, N. Y. 14150

Export Agents:
ELPA MARKETING
INDUSTRIES, INC.

New Hyde Park.

N. Y. 11040

Check No. 1 on Reader Service Card

AU

FEBRUARY 1973

FEATURE ARTICLES

16 Buying Watts—and other things

22 Audio ETC

24 What’s Watls

28 Microphone Directory Addendum

30 Language of High Fidelity, Part VIII
38 Fail-Safe Amplifier Design

48 Microphone Primer, Part Il
EQUIPMENT PROFILES

52 Tandberg Recciver TR-1020
56 Phase-Linear Amplifier 400

62 Acoustic Research Loudspeaker AR-7
64 Pioneer Loudspeaker CSR-300

RECORD REVIEWS

73 Classical Reviews
78 Off the Record
81 Tape Reviews

82 Jazz & Blues

AUDIO IN GENERAL

Len Feldman
Edward Tatnall Canby
Peter Meissinger

Martin Clifford
Brian Wachner
Jim Long

Edward Tarnall Canby
Sherwood L. Weingurten
Bert Whyte

Muartha Sanders Gilmore

4 Coming in March 10 Behind The Scenes Bert Whyte
4 Audioclinic  Joseph Giovanelli 14 What's New in Audio
6 Editor’s Review 60 Advertising Index

8 Tape Guide Herman Burstein 74 Classified Advertising

EDITOR George W. Tillert

ASSOCIATE EDITOR Edward Tamnall Cunby

ASSISTANT EDITOR Peggv Bicknell COVER DESIGN John Kwasizur

DESIGN David Adams SUBSCRIPTION MANAGER Jean Davis
ADVERTISING PRODUCTION Sharon Mancini

PUBLISHER Jay L. Butler
MARKETING DIRECTOR Sunford L. Cahn

CONTRIBUTING EDITORS: [lerman Burstein. Martin Clifford. Leonard Feldman,
Richard Freed, Joseph Giovanelli, C. G. McProud, Harry E. Maynard, Alexander
Rosner, Sherwood L. Weingarten, Bert Whyte

AUDIO (tide registered US. Pat. Off) is published monthly by North American Publishing Co. Irvin J. Borowsky.
President: Frank Nemeyer. Jay L. Butler and Roger Damio. Vice Presidents: R. Kenncth Buxter. Vice President/Production:
Nate Rosenblatt. Promotion Director: Mary Claftev. Circulation Director.

RATES-U.S. Possessions. Canada. and Mexico, $6.00 for one year: $10.00 for 1wo years: all other countries. $9.00 per year.
Printed in U.S.A. at Columbus, Ohio. All rights reserved. Entire contents copvrighted 1973 by North American Publishing
Co. Second class postage paid at Philadelphia. Pa. and additional mailing oftice. Back issues, $2.00 each.

REGIONAL SALES OFFICES: Jay L. Butler. Publisher. and Sanford L. Cahn. Marketing Director, 41 East 42nd St.. New
York. N.Y. 10017, telephone (212) 687-8924.

Jay Martin, 15010 Ventura Blvd.. Sherman Qaks. Calif. 91403, telephone (213) 981-7852.

REPRESENTATIVES, United Kingdom: The American Magazine Group. 9 Warwick St. London. W I, England.
Continental Europe: John Ashcraft. 12 Bear St.. Leicester Square, London W.C. 2. telephone 930-0525. For Benclux and
Germany. WM. Saunders. Mgr.. Herengracht 365. Amsterdam. Holland. telephone 24.09.08.

Japan: Japan Printing News Co.. Ltd.. No. 13, 2 Chome Ginza Higasi. Chuo-ku. Tokyo. telephone 541-5795.

AUDIO Editorial and Publishing Offices. 134 N. 13th St., Philadelphia, Penna. 19107
Postmaster: Send Form 3579 to the above address



We are the Garrard Enginee

When you finish reading this €
we will have one thing in comir

You will understand the )
100 the way we do.

We aren'tteachers. Ard you ére proba '
not engineers.
But we can 2xpiain the Zero 100 to you b
in all honesty, the Zero 130 is not a difficult
Neither was the whee , although it took m
of years to come into bemg
It took us sevenyearsto create the Zero 1€
And it would tak= more than '["IS adtoe

plans drawn and redrawn, tke chtgn

discarded, compu-ed and remessure
Actually the prodlem seemed
Distortion.
Until the Ze-o 100 no

turntable

angles, from the Otside
groove to the finat one. T
produce this sound perfectl
you need a tutntakle with a
cartridge head that tracks t

achieve this can’éiat
of tracking.
Our solutio
A turntable ke
no otherturntable: A
turntable with twoa
The first arm of:
Zero 100, th Y
looking arm,
one with the
head. The auxiliary
our mnovatloa ss
attached to ths
arm by a unique
ball bearing p*ve 3
These precisior ball
pivots are built inte:t
arm, enabling the =a
to maintain a consiste
angle to the groowes 0
Today, you an dlay
the Zero 100 and hear
you've never he
Free of trackmgdlstorétk
Today, you can gick up is
Stereo Review. Hgh Fidel
Rolling Stone. WG a
read what
Zero 100.
After seven

Mtg, by Plessey Etd-
Check No. 2 on Reader Service




win
"march |

Focus on Loudspeakers
Directional or Omnidirectional
Speakers—Three points of view
by George Sioles, Ben Bauer
and Win Burhoe.

The Language of High Fidelity
—Part 9 of Martin Cliffords
series for beginners.

Equipment Reviews include:
TEAC 3340 tape recorder

Design Acoustics speaker system

Fisher Sound Panels.
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What's Watts? « Buylng Wotty
Language of HI-FI--Part 8

Microphone Primer--Port 3
A Fall-fate Amplifier Protection Clrcult

About the cover: We asked the
artist to take a look at the
Marantz 1120 amplifier that had
just come in for review—and
this was the result! The 1120 is
a good example of modern
design practice with a neat and
tidy layout with all components
accessible—without needing a
can opener . . .

Audiodlinic

Joseph Giovanelli

Making Live, Remote Recordings
Q. Circumstances have made it nec-
essary for me to make a number of
live, remote recordings. Can you outline
briefly some procedures which might
make this work easier>-Donn Petrak.
Lethbridge, Alberta, Canada

A. Briefly, if you want to make an
acceptable recording, take two car-
dioid mikes, place them perhaps two
feet apart on a bar. This bar. in turn,
can be mounted on a single mike
stand. Face the mikes 90 degrees from
one another and aim this combination
at the sound source to be recorded.
The sound source will strike each
mike at 45 degrees. The result is
really excellent stereo, with little fuss.
Because of the rather close spacing of
the mikes, the low frequencies are
well centered, eliminating problems in
disc mastering.

In addition, you may have to resort
to “solo” or “accent” mikes here and
there, which use would then require a
mixer. This miking technique avoids
the clutter of cables and mike stands
on the stage, which otherwise can
ruin the visual aspects of a perfor-
mance.

Naturally, you must avoid overload-
ing the tape. If you can attend a dress
rehearsal or have control over the
actual performance of a group, you
can take all the time you need to set
the recording level. This, however, is
not always possible. Therefore, some
kind of limiting is helpful. The limiting
should be placed between the mixer
and the tape machine.

This simple set of suggestions will
help solve 90 per cent of your remote
recording problems.

Noise Reduction

Q. Would you be kind enough to
explain how a compressor/expander
noise reduction system affects an audio
signal in order to achieve a reduction
in noise and an extension of dynamic
range?—Lawrence Bobrowski, Chicago,
Illinois

A. If we take the soft portions of a
recording and compress them by in-
creasing their signal level, their re-
corded levels on the tape will be
higher than they would be if left
uncompressed. These portions of the
tape will have a better signal-to-noise
ratio than they otherwise would have.

This is achieved because the noise
content, or background noise, of a
tape has remained unaltered, but more
signal is recorded on the tape. When
this tape is played back, many listeners
will not know that compression has
taken place. Noise, however, will be
audibly lower.

We are striving for realism in sound
reproduction. Hence, the next logical
step in this arrangement would be to
expand the tape’s dynamic during
playback. This expansion would be
exactly equal to the amount of com-
pression which was introduced during
the recording process. The result of
this is that the full dynamic range of
the program source is once again
present. Because the signal-to-noise
ratio, however, was greater on the
soft passages than it would have been
if no compression was used, the result
is reflected in better overall signal-to-
noise ratio during the playback process,
despite the re-expansion.

Because of this improved perfor-
mance, it would be possible to record
with a greater dynamic range than
would have been possible without this
form of noise reduction. If the per-
formance was improved by 10dB, we
could increase the total dynamic range
by 10dB and have no more tape hiss
than would be present if no noise
reduction had occurred, and no 10dB
increase in dynamic range had been
introduced.

What | have described are general
principles of noise reduction. They
are embodied in various forms. The
DBX works pretty much along the
lines I have described: the entire band
of frequencies is compressed on re-
cording and then re-expanded on play-
back. The Dolby B system takes the
higher frequencies and compresses and
re-expands them. The higher frequen-
cies are the ones which are related to
tape hiss in home systems. The A
Dolby noise reduction system divides
the audio spectrum into several bands
and compresses and expands each one
independently. These are just a few
approaches based on this arrangement.

If you have a problem or question on audio,
write to Mr. Joseph Giovanelii, at AUDIO,
134 North Thirteenth Street, Philadelphia,
Pa. 19107. All letters are answered. Please
enclose a stamped self-addressed envelope.
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il you are
serious about
music

use the (ape
ol the pro.
TDK

Ask any artist or

musician, any record’'ng engineer

or audiophile, chances

J are he uses TDK for his professional
work. Unmatched in

purity and fidelity over the full

; range of human

| mearing, crystal clear in its dynamic

response and with

complete reliability, TDK truly is

the tape of the expert.

Cassettes, 8-track cartridges or

reel-to-reel, in the

widest choice of formulations and

lengths, including

cassettes running as long as 3 hours. i

Purity In Sound

\'“*@

TDK ELECTRONICS CORP @ I DK ,,,ﬁ;;gg;m
23-73 48TH STREET, LONG ISLAND CITY, N.Y. 11103 » 212-721-688 %
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ocus is on amplifiers for this issue and there
Fis no doubt that they have come a long way

since the days when 1 watt at 20% distortion
was The State of the Art! In the late thirties,
high fidelity amplifiers of the day usually put out
five to ten watts and then we had the famous
Williamson design in the forties with about 15
watts. High voltage tubes like the 6L6, KT-66
and EL 34 raised the wattage higher and then the
advent of solid-state brought a gradual increase
tn output powers, 100 watts (real watts, not Music
Power) will soon be rated as medium power!
It 1s only fair to say that present-day loudspeakers
do need much more power, as every improvement
in linearity and frequency range has had to be paid
for in reduced sensitivity (To avoid an acrimonious
letter from you-know-who. | must exclude horn-
loaded systems which have a high inherent effi-
ciency).

I am often asked, why do amplifiers sound dif-
ferent but yet measure the same? The answer is:
they don’t. If there /s an audible difference, then
the measurements are incorrect or incomplete.
Assuming we had two amplifiers with identical
major parameters—including bandwidth, THD and

IM distortion at all levels, same proportions of

harmonics, damping factor, input impedance and
signal handling capacity, stability margin and so
on, then there are several possible explanations.
One concerns overload characteristics. Amplifier
A may clip cleanly without causing the dc supply
voltage to fall unduly, but amplifier B might have
an inferior power supply so the voltage will not
only drop on sustained peaks but the smoothing
will become inefficient and so a kind of sawtooth
hum component will be superimposed on the sig-
nal. Another point sometimes overlooked concerns
deviations from the standard RIAA equalising
curve: even with selected components the diver-
gency might be '2 or | dB. If these tolerences
went in opposite directions, the total variation is
large enough to be heard on a A-B comparison.
Incidentally, these A-B tests would have to be
made with the same program source and same
loudspeakers and due attention must be paid to
phono input lead lengths as an extra three foot
can introduce enough capacity to make quite a
difference in high frequency response.

6

MCA Disco-Vision

MCA have just demonstrated their long awaited
Disco-Vision video disc which appears to be very
similar to the Philips laser system mentioned
recently in this column. The laser is a low powered
helium-neon type but, unlike the Philips system,
the beam is electronically “steered” to follow the
information spiral. The disc itself is 12 inches in
diameter and can be made of PVC or other plastic
by thermo-stamping or embossing—just like con-
ventional records. Density is 12,500 tracks per
radial inch and playing speed is 30 revolutions per
second. Playing time is 20 to 40 minutes—depend-
ing whether color is used. In addition to the full
TV bandwidth, the discs can accommodate two
audio channels. Two playing units will be avail-
able—a single disc player and an automatic model
which will take 10 discs and prices are expected to
be around $400 and $500 respectively. In opera-
tion, the output signals are fed to a TV set via the
antenna input and then switching to an unused
channel.

MCA have a film library of over 11,000 titles
and presumably some of them will become avail-
able on discs—which incidentally ought to be rel-
atively inexpensive. The question is—will a laser’
system eventually replace our present recording
system? How long would a MCA disc play with
just two or four audio channels? And would such
a system be immune from the pops, crackles and
scratches that defy our record cleaners? It’s an
interesting possibility anyway.

Response Curves

Seen outside a Philadelphia so-called Adult Book-
shop, a large sign advertising “8-tract tapes, $2.99.”
Somehow, I doubt whether they would have any
of Billy Graham’s though . . . GW.T
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The right Pickering cartridge
for your equipment is the best
cartridge money can buy.
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There’s a “right” Pickering cartridge for every
rccord player, and only Pickering has developed a way
for you to be absolutely certain you select the “right”
cartridge for your high fidelity music system.

It is a simple way for you to preciscly match one
of our XV-15 (100% Music Power) cartridges to what-
ever kind of record player you have or plan to buy. It’s
called Dynamic Coupling Factor — DCF for short.

We have taken virtually every record player and
pre-analyzed the vital variables affecting cartridge de-
sign and thosc related to the engineering features of
the various turnables and changers. So, no matter what

T, 4

CHANGER

equipment you own or plan to purchase, there is a
Pickering XV-15 cartridge exactly “right” for it. The
DCF number enables you to select the proper Picker-
ing XV-15 cartridge in relation to a particular type
of playback equipment to achieve maximum per-
formance.

If you're ready to buy your next cartridge, be cer-
tain you end up with the Pickering XV-15 cartridge
that’s best for your system. Have your Pickering high
fidelity dealer show you our DCF Chart, or write
Pickering & Co., Inc.,Dept. D, 101Sunnyside Boule-
vard, Plainview, N. Y. 11803.

L3 e - } -
“for those who can hear| the difference”

The [100% Music Power Cartridges

All Pickering cartridges are designed for use with all two and four-channel matrix derived compatible systems.
Check No. 4 on Reader Service Card




Low-noise tape

Q. My tape recorder is adjusted for
Scotch 203 (low-noise) tape. However,
if I were to use a good brand of iape
that isn’t low noise, would this cause
loss of quality? If I were to also use a
Dolby unit, would this transcend the
loss due to use of other than low-noise
tape?—(Michael W. Bryan, Havelock,
North Carolina)

A. A tape machine adjusted for low-
noise tape has the following differences
compared with a machine adjusted for
conventional tape: (1) slightly more
bias current; (2) slightly more signal
drive current; (3) slightly less treble
boost. Hence if you employ conven-
tional tape with a machine set for
low-noise tape, you tend to have a
drop in treble response; and somewhat
excessive recording level (resulting in
increased distortion), which is partly
offset by the extra bias. Use of a
Dolby unit would not overcome these
results. The Dolby, however, would
reduce noise level.

Dirty heads

Q. Will a less expensive tape player,
or dirty heads, or worn heads, or mag-
netized heads ruin or destroy part of the
sound on a tape when the tape is played
back on such equipment?—(Tim Erick-
son, APO San Francisco)

A. Magnetized heads, or any other
magnetized body which the tape con-
tacts, will tend to erase the sound on
the tape, particularly the higher fre-
quencies. Also, magnetized objects
tend to add noise to the tape.

Bias switching

Q. I am going to buy a new tape
deck this year and am specifically in-
terested in a deck that has a bias switch
to change from low-noise tape to regular
tape. In your opinion, does a switch
such as this actually work well without
the equalization being changed?—(Robert
A. Ward, Cleveland Heights, Ohio)

8

A. I see no reason why the bias
switch should not work well. If there
are no simultaneous changes in equal-
ization (treble boost should be some-
what less for low-noise tape) and in
record drive current (should be some-
what more for low-noise tape), the
chances are that the manufacturer has
adopted a compromise setting for the
bias change, so that you are getting
most, but perhaps not all, of the bene-
fits of low-noise tape. See what hap-
pens if in recording you supply more
signal to the tape—about 2dB more—
when using low-noise tape. If distortion
does not go up audibly with an in-
crease in record level, you will have
improved on the signal to noise ratio.

Calibrating VU meters

Q. I wish ro adjust the bias and
calibrate the VU meters of my tape
recorder, using Sony SLH-180 tape. I
have all the necessary equipment. What
procedures do I  follow?—(Dennis
Thompson, Enid, Oklahoma)

A. If record equalization is fixed,
you increase bias as much as possible
without undue sacrifice of treble as
measured in playback. If record equali-
zation is variable, do the following.
Simultaneously record and play a 1,000
Hz tone (or a 500 Hz tone if the
manufacturer of the tape machine
recommends this), meanwhile in-
creasing bias until you obtain max-
imum output in playback. Then further
increase the bias until output of the
1,000 Hz signal drops about '2dB. Now
adjust record equalization for flattest
possible treble response as measured
in playback. It may be necessary to
make very slight further changes in
bias in order to get desirably flat
treble response. All this assumes you
have first cleaned and demagnetized
the heads and adjusted them for cor-
rect azimuth alignment.

The VU meter should be adjusted
to read 0 VU when recording a 400
Hz signal at a level that produces 1%
harmonic distortion as measured in

playback. If by chance the meter is a
peak reading rather than average read-
ing device, then the reference level
should be 3% harmonic distortion
instead.

Storing tapes
Q. What is the proper way and place

Sfor storing my rapes?—(John W. Ross,

Campbell, California)

A. It is advisable to store tapes
under conditions approximating “nor-
mal room temperature” and free of
excessive humidity or dryness. It is
preferable to store tapes end up rather
than flat. After a tape has been re-
corded, it is advisable to store it tail
out—that is, with the last part of the
recording at the outside of the reel.
This tends to reduce apparent print-
through during storage. And it tends to
relieve stresses that accumulate during
storage, because the tape has to be
rewound prior to playing. High
winding speeds tend to create stresses
that may distort the tape during long
storage. Hence if long storage is con-
templated, it is desirable that the tape
be stored after operation at normal
speed rather than at high winding
speed.

More on Low-noise tapes
Q. My questions concern the tapes
which are designated as low-noise, high-
output. I am aware that a machine must
be specifically equalized and biased for
a particular tape in order to realize the
potential of that tape. Bur if one has a
machine whose bias and equalization
are set for Scotch 203 or its equivalent,
then: (1) What type of performance can
one expect from these tapes; (2) Will
is make a difference as to what speed
is used? (3) Are there any tests one
can make to judge a tape’s performance
so comparisons can be made? (4) What
effect does Dolbyization of the signal
have on the tape’s performance?—(Gil-
bert J. Hansen, Pittsburgh, Pennsyl-
vania)
{Continued on page 81)
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Don't you wish
you could start
all over again?

You czn. In 4-channels. With a
Panascnic discrete system. Pana-
sonic chose discrete as its 4-chan-
nel standard for a lot of reasons.
First, it has the highest degree of
speaker separation and steady
sound positioning of any type of
4-channel system. And in addi-
tion to playing discrete 4-channel
tapes and records, a Panasonic
discreze system enhances the
sound of stereo tapes, records,
and radio. Because of our Quad-
ruplex™ circuitry.

Start with one of our 4-channel
receivers. Like Model SA-6800X.
It has Panasonic’s Acoustic Field
Dimension. That lets you adjust
the speaker separation electron-
ically. Plus a full 300 watts of
power (IHF).

You'll also need a tape deck.
For 8-track cartridges, there’s the
RS-858US. It plays and records
2 and 4-channel cartridges. With
four separate input level controls.
And 4 VU meters. If you want all
that in reel to reel, there’s our 4-
channel deck, Model RS-740US.
It has Hot Pressed Ferrite heads,
noise suppressor systems and
other features. That add up to a
frequency response of 30-23,000
Hz at 7% ips. And an S/N ratio
of better than 50 dB.

If you want records, you'll want
the SL-1100 direct-drive turn-
table. With wow and flutter of
less than 0.03% WRMS. And the
SE-405 demodulator for Compat-
ible Discrete 4-channel (CD-4)
records. Like RCA Quadradiscs.

Panasonic.

HiFi Discrete 4-Channel System

As well as matrix 4-channel, stereo
and monaural records.

And ourspeakers, Model SB-750
are 3-way air-suspension systems.
With 5 speakers in each enclosure.
Two domed tweeters. Two domed
midranges. And a 12" woofer.

We can also let you see 4-chan-
nel sound. On our 4-channel
audio scope. Model SH-3433. The
screen will show you how much
sound you're getting from each
channel.

You can see our discrete 4-
channel components at your
franchised Panasonic Hi-Fi deal-
er. The man who can make your
wishes come true. But this time
in 4 channels.

FOR YDUR NEAREST FRANCHISED

PANASONIC HI-FI DEALER, CALL TOLL FREE
800 243-6000. N CONN., 1-800 882-6500

RS-858US

sA-6800X
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Behind
e
Scenes

Bert Whyte

everal months ago I reported on
S the status of the eight-track tape

cartridge format. I related that
1971 had been a sort of “soft” year
for hardware sales in this medium.
although the sales of recorded cartridges
continued their upward trend. Then
at the CES this year, we were inun-

dated by a flood of new models of

cartridge machines for home and auto-
motive use. The burgeoning of in-
terest in the cartridge format stems
from a general upgrading of the quality
of both hardware and software in this
medium, and most especially. in the
adaptability of the cartridge to four-
channel sound. There are even those
who envision the cartridge as a true
high fidelity medium, their reasoning
being that since cassettes and cartridges
both use magnetic tape, it is just as
technically feasible to improve the
sonic qualities of cartridges as was the
case with cassettes. In fact, it is pointed
out that the tape cartridge operates at
3.75 ips . . . twice the speed of a cas-
sette, which should be some advan-
tage in the initial stages of any im-
provement program. Before we sum-
marily dismiss such a notion of a
high fidelity tape cartridge, it must be
conceded that just because cartridge
tape is back-lubricated, this does not
preclude the use of specially formulated
oxides which can afford extended
high frequency response. One must
also admit that improved magnetic
heads for the cartridge format are a
refatively straight-forward matter with
today’s advanced head technology. As
to the admittedly poor signal-to-noise
ratio of cartridges, they can be Dolby-
ized, just the same as cassetics. As a
point of interest, the always busy New
York hi-fi rumor mill has becn buzzing
with news that either Columbia or
Ampex Stereo Tapes, or both, will
produce Dolbyized eight-track cart-
ridges. Obviously, if this comes to

10

pass, at present one would have to
use a typical Advent/Teuc/Concord
outboard Dolby box to plavback the
cartridges. It goes without saying that
tape cartridge players with  built-in
Dolby IC chips would soon appear on
the market.

Okay . . . so we can make a true
high fidelity cartridge. And now comes
a chorus of protesting voices . . . “who
needs 11?77 Why do we want tape
cartridges which are admittedly bigger
and clumsier than the handy casscttes?
Most cartridges are played in cars,
which even in the models with the
quietest interiors, have much higher
ambient noise levels than exist in
homes and apartments. So why bother
with fancy cartridges in which the ex-
tended high frequency response would
be swamped by the noise of the mobile
environment? And why have hi-fi car-
tridges when the sound systems in most
cars, especially the loudspeakers, are
of such poor quality? All of these are
valid questions, but there are some
answers.

Central to the whole idea of tape
cartridges and the rcason for their
continuing high volume of sales, is
that they are an excellent medium for
listening to music in an automobile,
from a purely mechanical and handling
viewpoint, and of course, aftford selec-
tivity and choice of music. Their end-
less loop principle and case of in-
sertion in the playback unit muakes tape
cartridges rclatively safe to use in a
car with minimum diversion from the
business ol driving. Even when dis-
counted, tape cartridges are generally
more expensive than the equivalent Lp
records. Tt was only logical that many
people did not want, or could not
afford, to duplicate the music they
listened to on cartridges in their car,
with disc recordings for playback in
their home. Thus, in increasing num-
bers these people are acquiring cight-
track tape cartridge playback decks,
and incorporating them in whatever
kind of music system they have in
their homes, and their tape cartridges
are performing “double duty.” Need-
less 10 say, with the much quieter
ambience of their home listening room,
compared 1o their car interiors, many
are a bit shocked by such things as
tape hiss, crosstalk, print-through and
other ills of the cartridge not audibly
apparent in the car. These people
who make dual-use of "their tape
cartridges are obviously those 1o
whom a really high quality cartridge
would have an immediate appeal.

However, strong though these reasons
be for the introduction ot a high fidel-
ity tape cartridge, the most compelling
reason of all 1s the potential of this

medium for quadraphonic sound. It
was a comparatively simple thing to
re-assign tracks in the tape cartridge, so
that instead of four two-channel pro-
grams of music. we had two four-
channel programs. This change. of
course, reduced the playing time of the
cartridge, which necessitated the use
ol a thinner tape to accommodate
some of the longer classical works. As
it stands now. a quadraphonic cartridge
is of approximately 50 minutes maxi-
mum duration. Now it must be realized
that a quadraphonic cartridge is true
discrere  lour-channel sound. Apart
from the program break occasioned
by the endless loop tape cartridge
format, (and of course without the
high fidelity) the quadraphonic car-
tridge is the equivalent in “discrete-
ness” of a four-channel open reel tape.
Quadraphonic cartridges and associ-
ated playback equipment urc one of
the least expensive ways to “get into”
discrete four-channel sound. And by
all odds. quadraphonic cartridges oftfer
a larger sclection of discrere four-
channel sound than cither open-reel
tape or CD-4 disc.

The rub in all this of course, is
that the quadraphonic cartridges suffer
from the same sonic ills of their
stereophonic brethren. Frequency re-
sponse isn’t too bad . . . out to about
7-8 kHz, but we could certainly use
more . . . if we could get it without
the penalty of more tape hiss. The tape
hiss is really the crux of the mutter.
On stereo tape cartridges it 1s bad
enough hearing the hiss in front of
you. On quadraphonic cartridges you
get the hiss both front and rear,
which is not only disconcerting,
but in the case of classical music re-
corded with hall ambience in the rear
channels, the ambient reflections are
swamped by the tape hiss! The situ-
ation cries for the application of Dolby
noise reduction, and hopefully the
Dolby IC chip will save the bacon,
from the standpoints of minimum
spade requirements for the inclusion of
the circuit in cartridge playback units,
and moderate cost.

While we are on the subject of tape
cartridges 1t is worth noting that the
recording of cartridges in the home is
rapidly gaining momentum. Capitol’s
Audio Devices division, whose “Audio-
paks” blank cartridges hus dominated
the field, tells me that sales of' blanks
have been increasing signilicantly
over the past year. Scotch has a new
low-noise oxide blank cortridge which
is enjoying brisk sales. There arc a
number of tape cartridge recorder/play-
back units on the market. One of the
latest and perhaps indicative of a new
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Flip the switch to 4-channel.

The newest thing in sound is

the newest Sound of Koss. And
it’s right at your fingertips.

The switch is on to 4-channel. And
only Koss gives you 4 ways to make
it. With the big four from Koss.
Four exciting Koss Quadrafones
that do for 4-channel what Koss
Stereophones have done for 2-chan-
nel listening.

Four separate Driver Elements.
On the left cup of each Koss Quad-
rafone is a 2-channel to 4-channel
switch. Flip it to 4-channel and four
separate Koss dynamic
driver elements (two in
each cup) surround you
with breathtaking, full-
dimensional quadra-
phonic sound from
either your matrix or
discrete system. If you
thought the Sound of
Koss was su-
perb in 2-chan-
nel, wait until
you hear it in
4-channel.

So you
haven’t made
the switch.
There are two
plugs on Koss Quadrafones. If you
haven’t made the switch to 4-chan-

nel, you only use one of them. The
black one. Which you insert into
your present stereophone jack on
your 2-channel system. That auto-
matically connects the two drivers
in each ear cup in parallel. So what
you’ll have is nearly
double the bass radi-
ating area and an un-
believeable increase in
efficiency over the full
range. Which should
make the switch to
Koss Quadrafones
worth it even if you
haven’t made the
switch to 4-channel.

Volume-
Balance
Controls.

Slip on a Koss
Quadrafone
and you’ll slip
into any seat in
the concert hall.
Because Koss

WI_0OSS QUADRIFONES®

Quadrafones feature volume-balance
controls on each ear cup. That puts
any seat in the concert hall at your
fingertips. From the middle of the
concert hall one minute, to front row
center the | 1
next. And you
don’t even
have to leave §
the comfort of
your own liv-
ing room.

QUADRAFONE §

Hearing is
believing.

With all that at your fingertips, it’s
hard to believe that you can buy
Koss Quadrafones from $39.95 to
$85. But it’s true. And while you’re
on your way to hear them at your
Hi-Fi Dealer or favorite Department
Store, mail us a request for our full-
color catalog, ¢/o Virginia Lamm,
Dept. A—472. You’ll find a lot more
from Koss that’ll switch you on.

from the people who invented Stereophones.

KOSS CORPORATION, 4129 N. Port Washington Ave., Milwaukee, Wisconsin 53212. Koss S.r.l, Via dei Valtorta, 21 20127, Milan, Italy

Check No. 6 on Reader Service Cara



UAD
Electrostatic

Loudspeaker

—-you simply have to
listen to it.

QUAD for the closest approach to
the original sound.
QUAD is a registered trade mark.

To have further details of your nearest dealer
write to

Acoustical Manufacturing Co. Ltd.
Huntingdon, PE17 7DB, England

Check No. 7 on Reader Service Card

generation of this type of unit is the
3M/Wollensak Model 8055. This
stereo recorder/player has a special
timing counter which displays elapsed
time in minutes and seconds, along
with a special cueing system that in-
sures that you are at the beginning of
the tape when the unit is placed in the
record mode. To further uncomplicate
the always tricky business of recording
on endless loop tape cartridges, the
Model 8055 has an automatic eject
system which prevents accidental
erasure of previously recorded ma-
terial. The unit can also move the tape
in a fast-forward mode at 2% times
normal speed. This of course would
ultimately be significant if one wanted
to Dolbyize the tapes using an out-
board Dolby box, since after recording
the Dolby signal for record calibra-
tion, you could advance to the 4th se-
quence and then run fast forward until
you could read the playback of the
signal at the beginning of the first se-
quence. Signal-to-noise ratio of this
unit is claimed to be better than 50dB,
with a frequency response of 40 to
15 kHz. Giving 3M the benefit of
the doubt that these are probably
fairly accurate figures, this unit cer-
tainly qualifies as high fidelity in any-
one’s book. I hope to bring you a per-
sonal report on this intriguing unit
before long.

You will recall that in my last report
on tape cartridge sound several months
ago, I had taken my new car to Mr.
Harold Wally, of Wally’s Tape City in
New York, for a new speaker installa-
tion to replace the miserable squawk
boxes that were original equipment on
the car. | related to you the total
involvement of Mr. Wally in the auto
stereo business. He has been in the
field since it’s inception, and his place
is famous for custom installations,
even in tricky sports car situations. Mr.
Wally rightfully points out that the
speakers used in most new car car-
tridge systems are not only cheap and
ol poor quality, but were not specifi-
cally designed for use in car stereo
systems. Furthermore, he states that
the placement of the speakers is strictly
a haphazard affair, with little or no
regard for proper baffling. Placed in
kick panels, or underneath dashboards,
bass response is poor or almost non-
existent. Mr. Wally is now on his
fourth generation of speakers, designed
to work efficiently in his favorite
baffle, the doors of the car. The
speakers are six inch units with stiff,
but light cones with a flexible surround
and a dome in the throat for high
frequency dispersion. The baskets are
understandably shallow so that they

can fit into a wide variety of doors.
Magnet structure is on the order of a
half pound or more, rather than the
puny % to | oz. slug found on the
usual car speaker. Even though car
doors vary widely in their internal
construction, depending on whether
the windows are electric or manual,
Wally usually can find a reasonable
place to mount the speakers. Wally
stated that getting a decent bass
response is the name of the game in
car stereo installations. With his special
speakers fitted snugly into the door
with flanges sealed, the volume of
entrapped air in the door is sufficient
to give some good baffling and the
bass response is quite respectable.
With the superior efficiency of Wally’s
speakers I can now drive the system to
louder levels than one could tolerate,
with minimal distortion at that highest
level. The rear speakers mounted on
a shelf above the car trunk, were
changed and replaced with Wally’s
special 6x9 units with a hefty 15 oz.
magnet. With the entire trunk area
acting as baffle, the bass response was
quite good. The overall system sound
employing the speakers in the door
and the units in the rear, is fairly
smooth and wide range, and is so
much cleaner and more enjoyable than
the original there is simply no com-
parison. Tooling down the road, and
listening to a nice classical recording
or some good mood music of my
choice, sure beats the random afflic-
tions of the radio. Wally’s installations
are neat and as they say in racing
circles . . . “quite sanitary”. He has
several models of speakers, with the
best going for about 35-50 dollars
installed depending on the complexity
of the job.

To end this epistle on tape car-
tridges, and to show you the extent to
which some people go to improve
their car listening, one reader writes
that he installed four 5 inch tweeters
and two ElectroVoice 15 inch woofers
in his car trunk, plus KLH Model 17
speakers in back of the rear seats! This
array is driven by an inverter-powered
Dyna 120, with PAT 4 pre-amp! The
mind boggles!

One final note . . . Mr. Wally says
that trying to convert normal car
stereo players to four-channel is much
too difficult, and that a four-channel
player of the type made by Motorola,
Panasonic or Pioneer should be used
as an add-on, which can be removed
when you trade your car. That is
next for me, with Wally telling me a
simple change or wiring to the front
and rear speakers and I'll be immersed
in quadraphonic sound'
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You've got a really great receiver. With
an air of confidence, you switch it on,
prepared to demonstrate the soul-stir-
ring quality of the FM Stereo. And get,
instead, an embarrassing silence. Be-
cause the source switch is on phono.

It won’t happen with the Sony 7065,
because it keeps you informed. Enlight-
ened, with easy-reading function lights
on the dial. AM, FM, Phono, Aux, Tape,
Mic. You always know where you are, at
a glance. Without squinting or stooping.

But that’s just the beginning. The 7065
delivers 60-+60W RMS into 8 ohms from
20Hz to 20kHz. That means full rated
power at each and every frequency across

SONY. 7065
Dedicated to the proposition that an enlightened listener is a happy listener

the entire audio spectrum. You don’t
lose the power you paid for when you
need it, particularly for those gut-stir-
ring lows. The sound is clean and natural,
because direct-coupling eliminates the
output coupling capacitors that stand
between you and the music.

You can pluck stations from even
the most crowded dials, or from fringe
locations (thanks to the sensitive 20V
FET front end and a 1 dB capture ratio).
Switch to AM and the center-channel
meter winks out, while the signal
strength meter stays lit. AM isn't just
an afterthought in the 7065. It’s quiet
and sensitive.

Buy a Sony, and see the light.

Check No. 8 on Reader Service Card

The controls make all that superb per-
formance easy to enjoy. Smooth acting
levers switch in positive muting, the two
tape monitors (with direct dubbing),
and loudness compensation. Or click
in your choice of three speaker pairs,
high and low filters, or mix one or two
microphones with any source. The 7065
is ready for SQ 4-channel and any of the
other matrix systems.

The price? An enlightened $459.50 (sug-
gested retail), including a handsome wal-
nut finish cabinet. The 7065 highlights a
line of Sony receivers starting under $200.
Sony Corporation of America, 47-47
Van Dam St., Long Island City, N.Y. 11101.



WHAT’S NEW IN AUDIO|

To getmore
fromyour

Rola Celestion Speakers

- - a
high fidelity
SYStem"' These British-made systems are now
bei i ted by Hervic Fl ics
put more of e of Los- Anmeles Shown 1. the

Ditton 66 which uses a 12 inch bass
If = 2 unit with a 12 inch “slave” radiator.
yourse In 't. Hervic are also handling the Connoi-
. seur belt-driven turntable which lists
for $129.20 complete with dust cover

and teak base.
Check No. 75 on Reader Service Card

In these days of instant everything,
the idea behind Electro-Voice
Custom Loudspeakers is a refreshing
change of pace.

The custom loudspeaker concept
asks you to do more than buy. It
suggests that you participate directly
in choosing the very best speaker
system for your own special listening
needs, speaker by speaker.

There’s a complete, logical range
of woofers, tweeters, mid-range
drivers and accessories. And, with
the help of your E-V dealer, you
create the performance that suits
you best.

You have the option of installing
the speakers in new or existing
furniture, or building them into walls,
closets, or wherever.

Write today for our literature
and list of E-V Custom Loudspeaker

dealers.
2Gulton

COMPANY
ELECTRO-VOICE, INC., Dept. 234-1A
602 Cecil Street, Buchanan, Michigar 48107

ElecthoYores

Check No 9 on Free Information Card

fEIac-Miracord Turntable

Benjamin have just released a new
automatic turntable which costs only
$99.95. It features all-push button
operation, precision cueing, built-in
stylus force dial and anti-skating
device. Model number is 625 and it
will accept all standard phono car-
tridges. Two bases are available, Model
RB-6 molded type at $6.50 and Model
WB-600 in oiled walnut at $15.00.

k Check No. 76 on Reader Service Card

Onkyo Integrated Amplifier
Onkyo announce a new amplifier
which has an output of 26 watts per
channel (continuous rating). This is
Model A-7000 and other features
include stepped tone controls, two

switched speaker outputs. two tape
recorder sockets, 2 phono inputs and
high and low filters. Power bandwidth
is said to be 10 to 70 kHz. IM distor-
tion is less. than 0.3% at rated output
with a THD of 0.1%. Price: n/a.

Check No. 77 on Reader Service Card

ﬁ

New Receivers from KLH

Model 55 is an AM/FM receiver with
an output of 32 watts (continuous) and
featuring a 3-gang FET front end,
high and low filters, ceramic i.f. filter
and main & remote speaker switching.
Price: $199.95.

k Check No. 78 on Reader Service Card

Model 21 is a small self-contained
AM/FM receiver with an output of
5 watts into a specially designed 4
inch speaker having a long-traverse
voice coil. Frequency contouring is
employed to achieve an exceptionally
good bass response. Price: $119.95.

Check No. 79 on Reader Service Card

J




*Suggested relail price.

KIH has always made a lot of very good loud-
speakers. Now we make a lat of very good receiv-
ers, too. And like our loudspeakers, our receivers
deliver an inordinate amount of performance at a
very modest price. For instance our new Model
Fifty-Five is an AM/FM stereo receiver with power,
dependability and every feature you could pos-
sibly want—all for $199.95.* Team it with our nifty
Model Thirty-Two loudspeakers and our new auto-
matic turntable made especially for us by Garrard
(includes base, dust cover, Pickering cartridge and
diamond needle) and you've got a super sys-

tem for just about $300! Or step up to a pair of
Sixes with the Model Fifty-Two. Or match a pair of
Seventeens with the Model Fifty-One. Or simply mix
and match them anyway they sound best to you.
It's fun. It's easy. And it really doesn’t cost a whole
lot of money. So why settle for someone else’s "bar-
gain’ system, when you can get the best for less?

Coniplete KIH component music systems. At your
KLH dealer now.

For more information on KIH components, write
to KIH Research and Development Corporation,
30 Cross Street, Cambridge, Mass. 02139.

system

foras Ilﬂle as $300.
W00 R

KLH RESEARCH AND DEVELOPMENT CORP

30 Cross St., Cambridge, Mass. 02139

Check No. 10 on Reader Service Card



Leonard Feldman

Buying Watts and Other Things

NCE YOU'VE gotten past the

traumatic  decision involving
O audio power requirements of
your ultimate system, you'd think the
choice of an amplifier (integrated,
basic, or part of an all-in-one receiver)
would be relatively simple. You've
waded through the literature regarding
power ratings. You now understand
that continuous power ratings (often
erroneously dubbed rms power) are
more meaningful (and tless inflated)
than “dynamic power”, “music power”
or “IHF music power”. You've learned
to-steer clear of products which feature
“peak power” or even “instantaneous
peak power” ratings. You've even
selected your speaker systems and been
told by the speaker manufacturer’s
brochures how much power you should
supply to them (and, perhaps, how
much power you'd better nor supply—
ratings in this area are still quite
vague) and you're ready to shop for
the electronic “heart”™ of your system-
par-excellence. It’s only then that you
are faced with a host of new decisions.

Watts Versus Features

Basically, an audio amplifier has
one primary raison d’etre. It’s sup posed
to accept low-amplitude electrical
signals which represent your various
program sources and amplify them
until they are powerful enough to drive
your loudspeaker systems. It should
perform this task without introducing
distortion, and the broadest definition
of distortion means the introduction of
any differences to the output signal

®
2
5
%
]
o
=
=
&

Fig. 1—Typical range 6f adjustment af-
forded by most tone control circuits.
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Buying Watts

An

Other Things

as compared with the input signal.
That means differences in conrent
(harmonic or intermodulation distor-
tion) as well as differences in relative
amplitude of the frequencies contained
in the original signal (flat frequency
response). Writers in this field have,
at various times, suggested that the
ideal amplifier is best described as a
“piece of wire with gain” and not a
few manufacturers have, over the
years, used that cliché to describe
their products.

In point of fact, though, as you
begin to examine the amplifier pro-
ducts currently available, you find
that this single objective is augmented
by countless features including con-
trols, switches, lights, jacks, sockets
and other seemingly unrelated appur-
tenances which, at first glance, even
seem to contradict the stated objective
of “pure” amplification. It is these
features that we’d like to sort out in
terms of their usefulness (or super-
fluousness) in a high fidelity music
reproduction system.

Tone Controls

Only the arch-conservative purist
will argue against the need for bass
and treble tone controls in a modern
hi-fi system. They're needed, we are
told, to correct for all manner of sonic
deficiencies which exist elsewhere in
the system—such as poor lower bass
response in our speaker systems, im-
properly equalized program source
material, highly absorbent room fur-
nishings (which gobble up the “highs™)
and the like. Yet. as you tour the audio
shops (and the homes of your friends
who own hi-fi setups), make a note of
how few listeners actually move their
bass or treble knobs away from the
sacrosanct “flat” settings. There may
be an cgo problem here. To depart
from *flat response” is to tacitly admit
that “some other part of the system”
is anything but flat and that implies
poor judgment on the part of the
audiophile in his “system assembly™.
On the other hand, the majority of
“tone control™ circuits may simply not
be suited to the required “sound
tailoring” job at hand. Consider Figure
I—the typical range of control afforded

by the usual bass and treble controls.
If, indeed, the deficiency noted in a
particular system involves the need for
boosting frequencies below, say, 150
Hz to make up for poor lower bass
reproduction, the typical tone control
cannot correct this situation without
simultaneously boosting frequencies
from about 500 Hz down. a solution
which leads to so-called “barrelly”
sound.

Selectable Crossover

Some amplifiers switch positions
(two, three or even more) which pre-
determine at what frequency boost or
attenuation begins when the tone con-
trols themselves are rotated. Thus, as
shown in Fig. 2, it would be possible
with such an arrangement to set up
a response curve which only empha-
sizes (or attenuates) the extremes of
frequency which require such alteration.

Fig. 2—Selectable crossover tone con-
trols offer greater choice of tonal cor-
rection possibilities.

A lovely feature if you need it. Obvi-
ously, if your tendency is to leave the
tone controls in their flat position (or
even by-pass them by means of a
suitable switch sometimes provided for
that purpose), then the added cost of
selectable cross-over tone control cir-
cuits is not for you.

Graphic Equalizers

On the other hand. if your listening
acuity is such that even selectable
crossover tone controls fail to adjust
the response to what you consider to
be correct, you may want to consider
an amplifier with more than the usual
bass and treble controls. The first step
in this direction is to be found on
several models which now offer mid-
range tone controls, as well as bass
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NEW'T3 )
HEATHKIT” CATALOS

Over 350 electronic kits...
world’s largest selection
o Easy, fun to build
o Designed for first time

kit builders
e Savings of up to 50%
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SEND FOR YOUR
FREE COPY TODAY!

..World's largest elec-
tronic kit catalog. A kit
for every interest.

every budget. Easy credit terms.
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HEATHKIT CATALOG I

SAVE UP T0 50% ON THE
WORLD'S LARGEST SELECTION |
OF ELECTRONIC KITS. |

o Easy, fun to build
e No experience or special skills needed

| overssouits
I to choose from:

o COLOR TV
e STEREO HI-FI
o FISHING &
l MARINE
o AMATEUR RADIO
o HOME
APPLIANCES
o TREASURE
FINDERS &
TRAIL BIKES
o AUTOMOTIVE
TUNEUP
o JUNIOR KITS
o RADIO CONTROL



We've written the book on Kits

You can get a copy free

Shown below are only a few of the more than 350 kits
fully described in the 1973 Heathkit catalog. Kits for
every interest, every budget...including color TV;
stereo systems; electronic organs; marine equip-
ment; a kitchen waste compactor; home intercoms
and protection systems, garage door openers;
table radios; portable radios and phonographs;
guitar amplifiers and accessories; educational
electronic workshops for youngsters and
adults; tool sets; electronic test instruments;
amateur and shortwave radio gear; radio-con-
trol equipment; metal locators.

Can you build a Heathkit? For 25 years peo-

ple just like you have been doing it — armed
with no more than a soldering iron and a
few conventional hand tools.

No matter how complex the kit, the man-
ual reduces assembly to a simple step-
by-step operation. Add to that the availa-

bility of the technical correspondence

department here in Benton Harbor, and

service people in 36 retail stores

across the country, and you see why

we say ‘“‘we won't let you fail.” And

finally, building a Heathkit is fun,

pure and simple. The coupon below
gets you started.

Heathkit 50-watt g
Stereo Receiver. $169.95*

Heathkit 50-watt

Heathkit Deluxe Metal Stereo Amp/AM-FM Heathklt Dol:)y Cassette Heathkit 6-Digit Electronlc Heathkit 25V Solid-state
Locator has submersible Tuner “separates’. k. $249.95* Clock-Alarm. $54.9 Color TV with detent
sensing head. $89.95* {each) 89.95* power tuning. $599.95*

2-way
Acoustic

Heathkit 200-watt — Heathkit Digital Heathkit ‘‘Universal" Suspension Heathkit renowned
“Universal" 4-Channel Heathklt 21/2 Dlglt ‘““Computer Tuner’'. 4-channel Decoder, Speaker AR-1500 180-watt Stereo

Amplifier. (less cabinet) VOM. $79 (less cabinet) 39.95* System. FM/AM Receiver
359.95* 539.95* 64.95* (less cabinet) 379.95*

See them all at your nearest Heathkit Electronic Center...or send for FREE '73 Heathkit Catalog

HEATHKIT ELECTRONIC CENTERS — ARIZ.: Phoenix, 2727 W. Indian School Rd.; CALIF.. [~ — — —————=—/—=——=—/——/—/— e
Anaheim, 330 E. Ball Rd.; EI Cerrito, 6000 Potrero Ave.; Los Angeles, 2309 S. Flcer St.; HEATH COMPANY, Dept. 41-2 HEATHIIT
Pomona, 1555 Orange Grove Ave. N.; Redwood City, 2001 Middlefield Rd.; San Diego (La Benton Harbor, Michigan 49022

Mesa), 8363 Center Dr.; Woodland Hills, 22504 VentiLra Blvd.; COLO.: Denver, 5940 W. . Schlumberger
38th Ave.; CONN.: Hartford (Avon), 395 W. Main St. (Rte. 44); FLA.: Miami (Hialeah), ([0 Please send FREE Heathkit Catalog.

4705 W. 16th Ave.; GA.: Atlanta, 5285 Roswell Rd.; !LL.: Chicago, 3462-66 W Devon
Ave.; Downers Grove, 224 Ogden Ave.; IND.; Indianapolis, 2112 £, 62nd Ave.; FANSAS:

Kansas City (Mission), 5960 Lamar Ave.; MD.: Baftimare, 1713 E. Joppa Rd.; Rckville, Name

5542 Nicholson Lane; MASS.: Boston (Wellesley), 165 Worcester St.; MICH.: detroit,

18645 W. Eight Mile Rd. & 18149 E. Eight Mile Rd.; MINN.: Minneapolis (Hopkins), 101 Address

Shady Oak Rd.; MO.: St. Louis, 9296 Gravois Ave.; N.J : Fair Lawn, 35-07 Broadway (Rte.

4); N.Y.: Buffalo (Amherst), 3476 Sheridan Dr.; New York City, 35 W. 45th St.; iericho, City. State Zip

L.f., 15 Jericho Turnpike; Rochester, Long Rldge Plaza; OH1b: Cincinnati {Wotdlawn),

10133 ‘Springfield Pike; Cleveland, 5444 Pearl Rd.; PA.: Philadelphia, 6318 Rrosevelf Prices & specifications subject to change without notice.
Blvd.; Pittsburgh, 3482' Wm. Penn Hwy.; TEXAS: Dallas, 2715 Ross Ave.; Houstom, 3705 *Mail order prices; F.0.B. factory. CL-452

Westheimer; WASH.: Seattle, 221 Third Ave.; WIS.: Milwaukee, 5215 Fond du Lzc.
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Fig. 3—Mid-range tone control per;
mits additional response alteration.

and treble. As shown in Fig. 3, this
extra control offers adjustment of mid-
frequency emphasis. Early versions of
this feature used to be called “pre-
sence” controls, in that they tended to
emphasize the sound of vocalists—since
vocal programming is primarily in the
mid-audio range.

If your acoustic environment is such
that even rhree tone controls won’t
suffice, there are amplifiers on the
market that sport as many as five
separate tone controls, each able to
control a specific segment of the audio
frequency spectrum. The name “graphic
equalizer” has been applied to such
multiple tone control arrangements
and, if self-contained segmented tone
controls still don’t satisfy you, you can
purchase separate graphic equalizers
with ten, twelve or even twenty-four
segmented controls. The action of a
five-segment graphic equalizer built
into an integrated amplifier is shown,
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Fig. 4—A five-segment tonal equalizer
provides even more accurate tailoring
of overall frequency response.

graphically in Fig. 4. Obviously, the
more segments—the more circuitry,
and the more circuitry, the higher the
cost.

Tape Monitor Facilities

Speaking of “add on” devices to
your amplifier, manufacturers of such
devices ought to be eternally grateful
to some remote tape-recorder man-
ufacturer of yesteryear who had the
bright idea of building separate
“record” and ‘‘playback” heads into
his machine, plus enough electronics
for both to operate simultaneously.
This clever innovation permitted the
recordist to “‘monitor” the results of
his recording efforts a fraction of a
second after the tape has been re-
corded—providing he could feed the
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output of his tape-deck’s playback
preamplifier into a suitable input on
his amplifier—the same amplifier he
was using as a program source for
making the recording. In order to do
this, amplifier manufacturers provided
a switch called “Tape monitor”, which
is nothing more than a means for
“breaking” the signal path at a suitable
point in the amplification chain. The
program to be recorded is fed to the
tape-deck from the “source” side of
the “break”, while the resultant re-
corded signal is fed to the other side
of the “circuit break”—the side that
ultimately leads to the loudspeakers
or output of the amplifier. Once this
“break™ became universally available
on most component amplifiers, it also
served as the necessary connection
point of all manner of devices (in-
cluding the graphic equalizers that are
bought separately) which could be
“added” to a system. Were it not for
this simple circuit-interruption point,
it would be impossible, for example, to
add any of the four-channel decoders
which now permit easy conversion of
stereo systems to quadraphonic sound.

Some amplifiers now feature two or
even three tape-monitor jack-pairs.
Among other things, this permits the
user to record onto two tape recorders
simultaneously or to dub from one
recorder to another. Again, if you are
not that heavily involved in recording
work, the presence of two or more tape
monitor circuits is a redundancy you
should not have to pay for.

Phono Inputs

Speaking of “doubles”, many ampli-
fiers offer multiple pairs of phono-
input jacks. In some, both pairs are
identical and offer equal sensitivity,
regardless of which pair is used. These
arrangements are intended for the
owner of, say, a record changer and a
manual turntable who might want to
do casual, extended listening via his
record changer but may want to
“single play” more critical recordings
on a manual turntable. In yet another
arrangement, some amplifiers are
equipped with pairs of phono inputs
which have different sensitivities. For
example, the PHONO 1 inputs may
be designed for cartridge outputs in
the range of from 1 to 3 millivolts,
while the PHONO 2 inputs may accept
cartridges having outputs from 4 to 8
millivolts. Obviously, if you know what
the nominal output of your phono
cartridge is and do not plan to own
two record playing facilities, there’s
really no point in spending the extra
money for the dual phono input fea-
ture.

Filters, High and Low

The use of filters for the “elimina-
tion” of turntable rumble and high
frequency noise (record scratch, tape
hiss, FM background noise) is, at best,
a compromise remedy. There’s no
question about it—filters do alter what
is often “perfectly flat” frequency
response. Rumble consists of very low
frequency signals (usually below 60 Hz)
and in order to reduce its effects, an
amplifier’s response must be attenuated
at very low frequencies. Unlike “bass
tone control action”, however, such
filters are designed to start cutting at
or about the frequencies which are

1/

FILAV RESPONSE

$hi2 o8 OCTAVE T 17 68 OCTAVE|
N I 6 0B OC TAVE \(

RELATIVE QUTPUT -8
N
2
=
1

0 ] 3
FREQUENCY -1
Fig. 5—Filters attempt to cut out un-
wanted rumble and hiss without destroy-
ing too much of musical value.

involved. This is illustrated in Fig. 5.
The action of two kinds of low fre-
quency filters is shown. Note, that the
more gradual sloping response curve
has to start cutting frequencies at
about 150 Hz in order to provide 15
dB of attenuation at 30 Hz. This filter
has a slope of 6 dB per octave. The
preferred 12 dB per octave filter
(steeper sloped line) needn’t start
altering frequencies above 100 Hz to
afford the same 30 Hz attenuation.
These two values of “slope” are gen-
erally found in high-frequency filters,
as well. Both filter types must neces-
sarily bite into musical content, and
if you don’t suffer from turntable
rumble or record scratch hiss, is there
any point in “buying” filters as part
of your amplifier arrangement?

Microphones and Mixing

The breach between “professional”
amplifying equipment (normally asso-
ciated with recording studio or broad-
cast use) and ‘“consumer” equipment
continues to narrow and quite a few
amplifiers sold for home use now
include microphone input jacks. Some
of these simply avail themselves of
the high amplification capability of the
phono preamplifier stages—removing
the required RIAA record equalization
and connecting the microphone input

jack to these circuits by means of a

position on the selector switch. This
simple arrangement really offers very
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The ADC-XLM “...inaclass by itself.”

That’s the way Stereo Review described our XLLM. High Fidelity head-
lined their review, “Superb new pickup from ADC” and went on to say,
“...must be counted among the state of the art contenders” And Audio
echoed them with, “The ADC-XLM appears to be state of the art”’

With the critics so lavish in their praise of the XLLM, there’s hardly any
necessity to add anything. Far better to let the experts continue to speak

for us.

Frequency response The CBS STR-100 test
record showed less than= 1.5dB variation up
to 20,000Hz. Stereo Review

-response 1s within =2dB over the entire.range. Audio
Frequency response is exceptionally flat. High Fidelity

Trackmg This is the only cartridge we have seen
that is really capable of tracking almost all stereo discs
at 0.4 grams. Stereo Review

The XLM went through the usual torture test at

0.4 grams (some top models require more than a
gram). High Fidelity

The XLM is capable of reproducing anything found on
a phonograph record. Audio

Distortion Distortion readings . are almost

without exception better than those for any other model
we've tested. High Fidelity

@'

The XLM has remarkabily low distortion in comparison
with others. Audio

At 0.6 grams the distortion was low (under 1.5 per
cent). Stereo Review

Hum and noise The XLM could be instrumental
in lowering the input noise from the first stage of a
modern transistor amplifier. Audio

The cartridge had very good shielding against

induced hum. Stereo Review

Price This would be a very hard cartridge to surpass
at any price. Stereo Review

We found it impossible to attribute superior sound to
costlier competing models. High Fidelity

Priced as itis, itis a real bargain in cartridges. Audio

The Pritchard High Definition
ADC-XLM $50.
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litle more flexibility than the micro-
phone inputs already available on
your tape recorder, unless you take
special delight in using your entire
high fidelity system as a public address
system in your living room. There are,
we are told, people who suffer from
an affliction which is the reverse of
“mic fright”. They love to hear them-
selves over loudspeakers—it seems to
provide the extra sonority akin to that
special sound one hears when singing
in a tiled shower. If you get your kicks
that way, than the extra mic position
on your amplifier’s selector switch will
provide that extra ego stimulant at
very little extra cost.

If, on the other hand, you want to
“mix” live sounds with other program
sources, the amplifier you choose
should be equipped with a separately
controlled microphone preamplifier
circuit—one which is capable of being
mixed in with other program sources
and one which has its own level con-
trol, apart from the master volume
control, so that you can attempt that
“professional” mix of program” just
like the recording engineers do”. If
you’re really serious about “live re-
cording”, however, you may be better
off using one of the many “outboard”
microphone mixers which not only
contain preamplification but provision
for four or six microphones to be
connected—each with its own associated
level control. Outputs of most of these
mixers plug simply into a high-level
(Aux) input on your amplifier or
receiver.

Input Level Adjustment

While a manufacturer has total
control over the audio level of AM and
FM radio signals recovered in his
receiver product, he cannot predict
what levels of phono signal, tape
signal and the like you’re likely to feed
into the other various inputs of his
product. If you pick products that all
produce voltage outputs that are about
equal and also equal to the internally
supplied AM or FM detected audio
signals, you’re in luck. When you
switch from one program source to
another, you won’t have to race to the
volume control to adjust for differ-
ences. More than likely, however. one
or more of your signal sources is going
to be greater in amplitude than the
others and when switching from or 10
that source, it can be quite annoying
(if not disturbing) to experience ex-
treme level shifts. One of the ultimate
refinements offered by some receiver
manufacturers and quite a few ampli-
fier makers consists of a group of input
level controls, each associated with a
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particular pair of input jacks. These
enable you to carefully adjust all
program source voltages so that as you
switch from one program source to
another, loudness remains constant.

The idea is lovely and of course, it
does cost money in terms of extra con-
trols on the amplifier or receiver.
Allowing, even, that you are that much
of a perfectionist, there is still room
for redundancy. For example, if your
tape player has its own output level
control, you can set it to correspond
with radio levels. If you own a separate
amplifier and tuner, the tuner may
well have an output level control too,
obviating its need on the input of
the amplifier. About the only instance
in which separate input level controll-
ing is not likely to be available other
than on the amplifier is that associated
with phono listening. However, as
we’ve already pointed out, many ampli-
fiers offer a choice of input sensitivity
here, so you may not encounter too
great a level shift even in the case of
records.

For The Amplifier That Has Every-

thing
The remaining few niceties that
we’d like to mention fall into the

category of “luxury” features that
really don’t contribute audibly to the
performance of an amplifier but are,
nevertheless, available as “conve-
nience” features. We will not comment
upon their “usefulness’ but simply
mention that they can be had—all at
added cost since all involve additional
circuitry and/or mechanical parts addi-
tions.

Included in this group are such
things as attenuator switches, program
indicator lights and level meters. The
attenuator switch, which may not be
familiar to most readers, is simply a
switch which, when thrown, reduces
overall listening level by about 20 dB.
I’s supposed to be used when the
phone rings and you want to lower
listening level so that you can hear
the party on the other end of the line.
Obviously, you could turn down the
volume, but the theory here is that
by throwing the switch during the
phone conversation you can restore
exactly the same listening level you
had before after the phone is hung
up. We leave that one to your own
judgment.

Program indicator lights are great
fun to watch as you rotate your pro-
gram selector switch or push the selec-
tor buttons. Unless your amplifier is
equipped with a remote control cable
with which you can switch programs
from many feet away, we fail to see

what information they add in operat-
ing the amplifier, since you can read
the designations around the selector
knob just as easily at the time of pro-
gram selection. Of course, some people
forget easily, I suppose, by the time
they reach the comfort of the listening
chair or sofa, so if it’s lights you want,
lights you shall have.

Recently, level meters have found
their way onto home amplifiers. Often,
they provide a good indication of how
much power is being supplied to the
loudspeakers and, with today’s more
powerful amplifiers, this often serves
as a warning device if the meter cali-
bration is accurate. It is not rare to
“blow up” or destroy a speaker by
feeding 1t too much power and if you
watch the meters, this tragedy can
sometimes be prevented. If, however,
the meters are used to establish correct
recording levels, it must be fairly
stated that most recorders (even cas-
settes) have more accurately calibrated
record-level meters for this purpose,
so once again, the presence of meters
on an amplifier for this purpose may
be a useless redundancy.

It has not been our purpose to put
down any of the modern features and
controls associated with the current
crop of solid-state amptifiers. On the
contrary, we think that manufacturers
have brought a great deal of ingenuity
and innovation to their products. Re-
ceivers and amplifiers sold for home
use today often exceed the performance
capabilities and control flexibility of
the professional equipment of just a
few years ago. All we’re saying is
that the prospective purchaser of a
home music system should try to eval-
uate his needs before taking the plunge
and, if possible, purchase the correct
amount of power and the appropriate
features which he is likely to use in
the foreseeable future. Admittedly, as
one goes up the scale in power and
price, one generally finds more and
more of the features we’ve discussed,
so that it’s often difficult to separate
the “features” from the power rating
and low-distortion capability of some
products. There are exceptions, how-
ever. Some low-power units offer very
low distortion plus a host of control
features such as those we’ve discussed.
Some super-power units offer a mini-
mum of extra controls and switches
and a maximum of good audio per-
formance. You’re likely to find just
about everything you want in between
if you shop carefully and knowledge-
ably. The point of the whole story is:
but anything you need—but use what
you buy if you really intend to get
your money’s worth. A
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EPI'S LINEAR SOUND.
YOU HAVE TO SEE IT TO BELIEVE IT.

Everybody talks about
linear sound.

But only EPI has EPI’s
Linear Sound. And there’sa
difference.

CURVE“A”

See the curve marked “A”
on our linear response graph?
We recorded curve “A” in the
usual manner, placing our microphone (a B&K Model
4133 ) directly in front of our EPI speaker.

That’s a remarkable thing, that curve “A”. From
way down on the bass end all the way up to the high
treble end, it’s practically a straight line.

What you see is what you hear: a pure, uncolored,
natural sound from top to bottom. With no artificial
boosting of the bass to impress the innocent. And all the
nuances and overtones at the treble end that, cn ordinary
speakers, just fade away.

CURVE“B”

Now look at curve “B”, and you’ll see something
even more remarkable: another virtually straight line.

What’s remarkable about this is that curve “B”

This is what EPI’s Linear Sound dispersion looks like.

was recorded by placing our

i mike ata point 60 degrees

& off axis. So EPI’s speakers dis-
perse Linear Sound not just
straight ahead, but in all direc-
tions, and at all frequencies.

In fact,up to 15KHz, the
off-axis dispersion is down only
an average of 3db. This s the
result of EPI’s unique one-inch linear air spring tweeter.

What does that mean?

It means that when you’re listening to music, you
can sit anywhere in the room, and you’ll be hearing that
big, full, natural sound
you’ve just seen on our
graph.

EPY’s Linear
Sound. It comes out of
eight great speakers,
from $55 to $1000,
made only by Epicure
Products Inc., New-
buryport, Mass. 01250.

LINEAR SOUND

IS FROM EPI. (E
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HOME
SYNG

Edward Tatnall Canby

RY IT YOURSELF' That is my

I first thought, each time a new

basic category of hi-fi equip-
ment hits our markets. Especially in
my favorite area. intermediate semi-
pro equipment that offers professional-
type sound and facilities in consumer-
sized and consumer-priced packages.
So when four-channel sync tape sud-
denly loomed up, this last year, I was
vitally interested. That was for me. 1
had already started a project—just
waiting for it.

This kind of sync is that celebrated,
lavishly costly and enormously bulky
pro recording system known best to
the public as “lo-track,” whereby
recorded channels can be “laid down”
on tape while others on the same tape
play along. in strict real time, synced
via playback through their recording
heads. The finished music, or what
have you, emerges stcp by step like a
sort of collage, to take final form later
via mixdown. The aesthetics of the
medium are fascinating—for here there
is no “original,” no single live per-
formance; and so a fundamental
dogma of all past recorded art is
challenged. There’s not necessarily
even one location; the tracks may be
made anywhere, at any time, or erased
and redone and usually are. Even the
added ambience is synthetic, out of all
time and place. Sync recording is very
much the wave of the present, and
probably the future, too, as it rcaches
into new areas, even including so-
called classical music.

But, ingenious as they are, this is
one area where our consumer tape
recorders haven’t been able to venture
until now. Studio sync equipment,
sixteen tracks, more or less, is simply
unimaginable in any home, at any
price. Reluctantly, we’ve had to settle
for a bit of overdubbing here and
there, plus separate record and play-
back for our two stereo channels,
making possible some pretty good tape
tricks, but not the real thing. Quadra-
phonic, however, has finally done it
You need four channels to play with.
And if you're going to have four chan-
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nels on home-feasible tape, you might
just as well make them sync while
you’re at it—at least in the semi-pro
area and along the fringes, where costs
will allow the extra facilities. That’s
how it has happened.

TEAC’s earlier four-channel recorder
line, adapted from two-channel gear,
had an add-on sync unit quite some
time ago. This year, with second-
generation true four-way recorders
coming on the market. the sync is
built in permanently in several lines
(starting out from Japan, ol course)
and without a doubt more are in the
offing. It’s a splendid idea for those who
for one reason or another want to be
their own sync artists. 1 grabbed at the
lowest priced unit available, partly
because they had one, partly because 1
was curious as to how inexpensively
this new art could in fact be put to
use in the home. It was the cheaper of
two alternative  TEAC models, the
2340, built compactly for seven-inch
reels at home speeds. 7'2 and 3% ips.
(The larger unit takes ten-inchers and
runs at 7% and {5.) Sony is also out
with a sync recorder, fancier and, 1
would gather, aimed at a somewhat
higher pro level—at higher cost. I,
too, should be investigated in a hurry,
if your cash supply is bigger.

Both these lines, and more to come,
will give you the basic equipment to
produce your own genuine “Sarge
Pepper”—for wasn’t that classic Beatle
album done entirely via four-channel
equipment? Something to imagine!

So, instead of $50.000.00 and an
acre of studio space, now [ have a
mere half a thou of equipment and I
can carry it around the house without
even straining a finger. The TEAC
2340 is. astonishingly, only about half
the size of most semi-pro two-channel
stereo recorders. And yet it will sync
any combination of its four simulta-
neous tracks, record or play, and it has
mixing and switching for eight inputs—
four mics and four hi-level—with
appropriate red-light indicators to tell
you what’s doing what. That’s some-
thing. To be sure, it helps to have
small fingers. And there are some

basic and necessary problems in detail
that have arisen in the paring-down
from, say, $50,000.00 to a hundredth
of that figure. But the absolute essen-
tials are there. So—what to do with
them?

A VERY big question. 1 can hear
dozens of readers muttering themselves
out of this picture—OK, OK, for kids
and rock freaks; but Sergeant Pepper!
That ain’t for me, buddy.

Well, that is why I am here. Since
my age is approximately three times
that of any known rock freak, I do
not qualify. But I did put on a show,
occupying me for many weeks out of
two successive summers (I anticipated
the sync recorder before there was
such a thing), which made abundant
use of the new machine, and I am
forever sold on the whole system.
Marvelous! You can do anything. That
is, once you teach yourself to operate
no less than 16 separate volume con-
trols plus a dozen-odd switchings all
at once, making no mistakes.

So the first thing you do is just what
you do when you buy your first new
car. You go out and drive—at maybe
five miles an hour. (Unless you're a
hot car nut or something.) I spent a
couple of days doing some very tenta-
tive “driving” and making an utter
fool of myself most of the time. Not
on my big show—that could wait. First
thing 1 tried was a short anonymous
sixteenth century choral work in four
parts. designed originally for a Spanish
cathedral, called Christus Natus est.
Christmas. 1 hooked in one mic, on
one channel, and sang me the basso
part. Then I went back and — oops!
Wrong switch.

After about 50 tries. I managed to
get down, complete and in total sync,
all four parts of this little piece, bass,
tenor, alto and soprano. All produced,
of course, by my own vocal cords.
Wow! The most awful sound you ever
heard. You see, I can’t sight-read
music and twirl volume controls at the
same time. especially when singing
soprano. And my levels were all wrong,
so | couldn’t hear the other parts
rightly in my phones, and thus [ kept
getting out of step and out of tune. |
played the mess to some of my Canby
Singers (who had sung the piece, very
beautifully) and in two seconds they
were rolling on the tloor. There was a
high note in the soprano part right at
the end which 1 forgot about in my
preoccupation with switching—until 1
got to it: so I let out a hideous yawp
into the mic and almost succeeded.
That was the payoff. My falsetto is
not of the best. So there’s one thing
you can do with sync.
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My main project, once 1 learned
TEAC’s controls reasonably well (after
all, there’s a minimum that you have
to have) was much more serious and
it worked out a lot better. Another
multi-media  show—the last one,
“Henry,” having been done three years
ago with two stereo recorders and two
pairs of unconnected and un-synced
channels, playing approximately to-
gether. This one celebrated the 50th
anniversary of a home community
founded by my father and friends in
1922. My own movies, taken in the
1930s, were one visual element. Simul-
taneous relevant films taken recently
went onto another projector, and color
stills, including Kodachromes as far
back as 1938 by me (earlier than that,
they faded out to magenta) made up
the third picture area. The photo-
continuity was to be accompanied by
speaking voices—my part—plus appro-
priate music. Three speaking elements,
1, a narrator, reading in total darkness
between major segments of the show—
it turned out to be me; 2, taped “inter-
views” with inhabitants of the place,
making relevant points to go with the
pictures, and 3, spoken “quotes,” from
many sources, which generalized the
idea of a living community, or com-
mune—we lumped the two, though
ours is a very sedate and conservative
place, relatively speaking.

The taped narration was easy. 1 did
it on my regular stereo recorder in a
studio, a whole year before. Two takes
of each segment, and that was that
I'm pretty used to reading into micro-
phones. I put it down mono, on both
tracks, for flexibility in later use. We
ended up dubbing it mono onto all
four tracks of the sync recorder. A fine
big effect, in the “darks,” as we called
them, which joined our picture seg-
ments together.

The taped interviews were a disaster.
I had warned—but to no avail. The
interviewers made the classic mistake
of using a portable cassette recorder
with built-in mic, usually set up in a
noisy living room and mostly with
anywhere from three to a dozen people
on hand—virtually all of them hope-
lessly oft mic. You could transcribe
some of the spontaneous comments,
ol course; they were good. Write them
down. But my people wanted to use
the originals!

I did discover, interestingly, that the
little machine recorded a much wider
range than it could play back via its
own head. When the cassettes were
played through the fancy Advent 201
cassette deck, whole ranges of sibilant
ss sounds came out, for a much im-
proved intelligibility. We copied hours
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of interviews from the cassettes in this
manner—and ended up using exactly
two brief samples. Amplified through
hall-sized speakers, the background
noise and confusion was, as I knew it
would be, simply horrendous. Take
heed! You can improve a well recorded
cassette sound if you play it via a
quality narrow-gap head. But bad
recording cannot be turned into good.

With this in mind, a whole year
earlier, 1 had insisted that the third
vocal element, the spoken “quotes,”
would be done right. These were to be
read, by many different voices, and the
idea was to pre-record them, then
copv them off—later—onto the sync
tracks. So I set up my equipment and
for weeks | ran sessions under opti-
mum conditions (optimum in terms of
home use, with a good machine and a
home soundproof studio). The people
had to come to me; [ didn’t go out to
them. They sat down in my studio
chair, began to sweat and get scared,
and then, hands shaking, the script
rattling so they could scarcely see it,
they would tremulously start in
reading.

Amazing how most normal people
are scared stiff of the friendly micro-
phone—even a private one in a famil-
iar home spot! They just go to pieces.
1 spent most of my time joshing, reas-
suring, trying to banish that ole devil,
stage fright, in its modern and totally
irrational guise. Of course, a few of
the people had done acting of one sort
or another. Fatal. They think all the
world’s a stage, to quote Shakespeare,
and they boom and blast into the mic,
a few inches away, as though All
Those People were out there in the
thousands, hanging on every shout.
Ugh! Give me an amateur any day. |
had a time, taming these boom-voices
down to mic size.

[ ended up, that summer, with about
a half dozen 10 in. reels of tape filled
with a hundred different voice record-
ings, all done mono on two stereo
tracks at 7% ips. No Dolby was avail-
able, but the background sound was
low—which was what 1 wanted. That
allowed for free dubbing and large
amplification, when the time came for
the big show itself.

On an impulse, as a stunt, I did a
practice job on a KLH Model Forty
One stereo recorder—] created a vocal
“fugue”, using four or five different
voices, speaking the same text. Only
two channels, but the effect was—for
my ear—just terrific. Everybody talking
at once, yet the overlapping entries of
the text, beginning with the key words
“Communes, then, are . . . ” gradually
built up the sense in a way that

seemed to me to be wholly modern
and at the same time very much like
the musical sense of an actual fuge-
lacking only the harmonic pitch rela-
tionship. (Even that was approximated,
as the different voices entered at
different speaking pitches, men and
women.)

I played this pseudo-synced vocal
fugue at a public meeting where many
of the people who had done the re-
cordings were present. You can imag-
ine their astonishment. Each of them
had visited me in all privacy, made
his or her recording, and had gone
away not even knowing who else had
been to visit, or was still to come. And
here they all were, busily talking
simulianeously, at least a dozen of
them! The good thing was that every
voice was doing its best to “‘project”
as a solo, without any sonic competi-
tion; that was the studio condition as
each original recording had been put
down; and so their combined cha-
risma, every one talking out his very
best, was quite overpowering! Such is
the force of the new medium, of which
sync recording is the final fillip. I
hadn’t even got to that yet. But you
can see how it was going to work out.
Indeed, 1 took the original of the
fugue, a year later, and synced it
neatly onto four channels, instead of
two, via the TEAC 2340. This time,
the fugued people were talking out of
all the corners of the room. I didn’t
even have to re-do the job from the
originals.

How come? One of the most splen-
did incidental facilities on the sync
four-channel machine is its ability to
take down a new recording without a
beginning click or thump, soundlessly.
I know this is not exclusive to four
channels. But with sync it is essential,
because the essence of the whole tech-
nique is to be able to layer recordings
in time, to lay them down, or remove
them, right alongside other tracks.
Editing-out of clicks, etc. is not pos-
sible. You can’t cut one track without
cutting them all. If your new “layers™
were to herald themselves with that
old fashioned thump or click at each
beginning, your entire scheme would
be useless, and the same for endings.
On the TEAC 2340, then, you can add
a new segment of sound on any indi-
vidual track, or any combination, in
sync with what is already present
(which you can hear via sync play-
back), and there is not the slightest
sound to indicate either beginning or
ending of the new segment, other than
the signal itself. See what | mean?

(Continued on page 80)
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“Watts

In the early days of hi-fidelity, amplifier power ratings
were quoted in watts. To the early hi-fi component manu-
facturer, the advertised watts in reality meant average watits.
As hi-fidelity became more popular, a myriad of new inflated
power ratings began to appear. (e.g. music power, peak
power, etc.). In a seeming attempt to clarify power ratings,
“the rms watt” has come into recent usage.

Recently, a great deal of discussion has taken place re-
garding the use of the term rms watts (1). The industry, in
general, has adopted the use of the terms rms power, or rms
watts. Many of the well-known testing laboratories also use
these terms. Unfortunately, the terms rms watts, and rms
power are incorrectly used.

In the laboratory, amplifier power is determined by mea-
suring the voltage across a calibrated resistor with an rms
voltmeter. This would lead to the seemingly logical con-
clusion that the watts determined in this manner would be
rms watts. This is simply not true.

Ammeters and voltmeters that are used to measure alter-
nating currents or alternating voltages invariably are cali-
brated in terms of the rms value of a sine wave unless other-
wise specified. However,

. The product of rms volts times rms amperes yields

average waits, not rms watts.

1 OHM v,

Fig. 1—indicates an alternating current sine wave generator
whose-peak voltage is one volt.

2. The product of rms amperes squared times the circuit
resistance yields average watts, not rms watts.

3. rms voltage squared divided by the circuit resistance
yields average watts, not rms watts.

First, let us deal with voltage and current (amperes). The
circuit shown in Figure | indicates an alternating current sine
wave generator whose peak voltage is determined by the
oscilloscope to be one volt. The generator is loaded by a
one ohm resistor. Since current (amps) = sim , the numerical
value of the current will be the same as the numerical value
of the voltage since the divisor is equal to one (ohm).

Figure 2 illustrates the instantaneous current (I), instan-
taneous voltage (E) and instantaneous power in a resistive
circuit.

The peak power is equal to the product of the peak voltage
and the peak current.

P peak = E peak I peak

Similarly, the power at any instant in time is equal to the
product of the instantaneous voltage and instantaneous
current.

W inst, = E inst. I inst.

The instantaneous power curve of Figure 2 is this product,
and is seen to be a sine wave of double frequency without
negative values.

PEAK
POWER

AVERAGE
POWER

Y

Fig. 2—illustrates the instantaneous current voltage and
power in a resistive circuit.

(1) J.R. Ashley “What’s a Watt (rms)?” J. Audio Eng. Soc. Vol 19, p. 793
(Oct. 1971)
J. G. McKnight comments on “What's a Watt (rms)?” J. Audio Eng.
Soc. Vol. 20, p. 46 (Jan-Feb 1972)
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John Eargle and Bart Locanthi “RMS Power: Facts or Fancy” J. Audio
Eng. Soc. Vol 20, p. 45, (Jan-Feb 1972)
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if you go for four channel...

7.0
YT AL LN S g

you don’t have to go for broke

Buy yourself a miracle for as little as $214.95 That's all
it takes to get your conventional two-channel stereo to do
anything any total four-channel receiver and contro! center
can do, now or in the future.

The Sansui QS500 and QS100 converters are complete
Four-Channel Synthesizer-Decoder-Rear-Amplifier-and-
Control-Center combinations that transform standard two-
channel stereo totally. The only other equipment you need
is another pair of speakers.

You can decode any compatibly matrixed four-channel
broadcasts or recordings and reproduce them in four au-
thentic channels. You can detect the ambient signals
present in most two-channel recordings or broadcasts and
propagate them through the rear channels. In Sansui matrix-
ing, the exclusive phase-shift technique prevents the can-
cellation of some signals and the change in location of
others that occur in many matrixing systems. And the
exclusive phase modulators restore the effect of the live
sound field.

You can plug in a four-channel reel-to-reel or cartridge
deck or any other discrete source. !n the future —if you
should have to — you can add any adaptor, decoder or what-
have-you for any four-channel system for disc or broadcast
that anyone’'s even hinted at. And a full complement of
streamlined controls lets you select any function or make
any adjustment quickly and positively.

The QS500 features three balance controls for front-rear
and left-right, separate positions for decoding and synthesiz-
ing, two-channel and four-channel tape monitors, electrical
rotation of speaker output, alternate-pair speaker selection,
and four VU meters. Total IHF power for the rear speakers
is 120 watts (continuous power per channel is 40 watts at
4 ohms, 33 watts at 8 ohms), with TH or IM distortion below
0.5% over a power bandwidth of 20 to 40,000 Hz. In its own
walnut cabinet, the QS500 sells for $289.95

An alternate four-channel miracle-maker is the modest
but well-endowed QS100, with total IHF music power of 50
watts (continuous power per channel of 18 watts at 4 ohms
and 15 watts at 8 ohms). In a walnut cabinet, it sells for
$214.95 .

P>\ sANSUI ELECTRONICS CORP.

Woodside, New York 11377 » Gardena, California 90247

[
San_ﬂu_ Ay ELECTRONIC DISTRIBUTORS (Canada), Vancouver 8, B.C.

SANSUI ELECTRIC CO., LTD., Tokyo. Japan *» Sansui Audio Europe S. A., Antwerp, Belgium
Check No. 14 on Reader Service Card



A line drawn equidistant between the peaks and valleys of
the power curve represents the average power and is seen to
be equal to fifty percent of the instantaneous peak power.
This is graphically illustrated by observing that the shaded
top section of the sine wave fits perfectly into the shaded
adjacent valley. This represents the average power.

Since the average power line is drawn at the mid-point of
the power curve,

Average power =
Peak voltage X peak current _ E peak y 1 peak

2 2 2
In Figure I:
I'x 1= 707 x .707 = 0.5 waus average power
202
Irms = Lpeak = I — 1 — 0,707 of the peak value

2 2 14

Therefore, the rms value of voltage or current equals .707
of the peak value, or conversely, the peak value equals
1.414 times the rms value.

NOTE: This is true for voltage and current, not power.

In dealing with voltage and current, the terms “rms” and
“effective” are used interchangeably. The real significance of
rms (or effective) voltage and current is the fact that it will
cause the same amount of heat to be generated in a resistance
as a numerically equal d.c. source. In other words, average
sine wave a.c. watts generate the same amount of heat in a
resistance as a numerically equal d.c. source. The watt-hour
meter in your home measures average watts or heating effect,
not rms watts.

rms, when used with voltage or current, permits W = |2 R
and W = [ to be used alternately between direct current
and sine wave a.c. since the heating effect is the same in
either case.

An additional proof of the above was rather simply done
using one of the new scientific pocket calculators. All compu-
tations were made to ten places, however, with the limited
number of sampling points only three place accuracy can
generally be assumed.

Table 1 shows the calculation of average and rms current
and voltage and average and rms watts.

Column 1 lists the instantaneous value of voltage (or cur-
rent). Thirty six values were computed (every five degrees
of phase angle). There were totaled and divided by 36 to
give us the average value of voltage or current. Average
value is useful in electronic circuits. For example, the full
wave rectifier where average electron drift is important.

Column 2 shows the rms value of the voltage or current
in Figure |, which is also the average value of the power in
Figure 1. Each of the instantaneous values in column one
were squared. The column was then totaled and divided by
36 (the number of instantaneous points computed). Compu-
tations were made to ten places with the pocket calculator.
The average turned out to be precisely 0.5, the same value
shown in the graphical construction above.

Since W =1R W max = I’ max (1) = | watt peak

Since we are dealing with a one ohm load, each of the
values in column two indicates instantaneous power as well
as the square of the instantaneous current or voltage.

rms stands for root-mean-square. This means that we
take the square root of the average of the squares. Since
0.5 is the average of column two, 0.5, or .707 equals the rms
value of the voltages or currents squared shown in column
two, and 0.5 represents the average of the power shown in
column two.
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It is important to note that each of the instantaneous values
shown in column two represents the instantaneous current
squared or the instantaneous voltage squared or the instan-
taneous power.

Some misinformed individuals have thought rms power to
be .707 of the peak power. It sounds logical since rms voltage
and current are .707 of their peak values. Let us examine
the true value of rms power just to prove how untrue this
really is. The figures in column two represent the instan-
taneous power in figure one. Column three shows the squares
of each of the instantaneous power values of column two.
The average of the sum of the powers squared is 0.375. The
rms value of power is therefore, .375 = 0.6123724357.
Quite a different value than .707, showing that rms power is
not 0.707 times the peak power.

The 0.612 figure for rms power serves no useful purpose
and [ suspect has never been used for amplifier power
ratings.

In dealing with power, we want to deal with the heating
effect of a.c. as we deal with the heating effect of d.c. The
watt is a unit of power (or rate of energy transfer), and is
equal to:

10" ergs per second, or
3.4129 btu per hour, or
44.27 Ft-lbs. per minute, etc.

Therefore, amplifiers would be more properly rated for
continuous sine wave average power (watts). rms (effective)
values are fine for voltage and current but should not be
used for power.

Recently, it has been implied that the use of the term rms
power is just another ploy by sales departments to advertise
inflated power ratings. If this were true, manufacturers would
quote rms power figures as 0.612 of the peak power. How-
ever, many recent interviews reveal that this is not true.
Manufacturers are measuring average power and then im-
properly advertising rms power. Since average power = 0.5
peak power and rms power = 0.61237 peak power (not .707).

5 =816to | = ratio of average to rms watts
61237
or
61237 — 12210 1 = ratio of rms to average waltts
5

Therefore, the manufacturer that measures 100 watts aver-
age power and quotes 100 watts rms power could legitimately
quote 122 watts rms power. Current industry practice may be
fallacious, but it is not dishonest.

1. The average value of a sine wave voltage or current equals
.636 of the peak value.
la. The peak value of a sine wave voltage or current
equals
1.57 of the average value
2. The root mean square (rms) value of a sine wave voltage
or current equals
.707 of the peak value
2a. The peak value of a sine wave voltage or current is
equal to
1.414 times the rms value
3. The square of the sine wave rms voltage divided by the
circuit resistance equals the average watts (power), not
rms watts
Wavg = ¢

NOTE: This is the average, not the rms waltts.

4. The square of the sine wave rms current multiplied by
the circuit resistance equals the average watts (power),
not rms watts.
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AVOID 4-CHANNEL

CONFUSION

Quality Quad Sound Now
At Low Dynaco Prices

Dynaco’'s $20 Quadaptor decoder delivers full 4-
Dimensional sound now from encoded records in
any of the compatible matrix formats. More impor-
tant, it recaptures the elusive ambience, or realism,
which has always been a part of your present stereo
records too, but which you've never been able to
hear before.

No phase shifting gimmicks; zero distortion; all
the sound that's always been there, with correct
placement and proportion. It's Dynaco's simpler way
to fully decode (U.S. Patent #36397692)—at the
output of your present amplifier. You don’t need a
new amplifier. Use your stereo system to the fullest
while the 4 channel hassle settles down.

Superior audio performance is a Dynaco tradition.
Fine craftsmanship is evident in even our least ex-
pensive speaker. The compact A-10 (814" x 15"
x 8") nearly duplicates the famous A-25's sonics.
It uses the same woofer magnet and the identical
tweeter in an oiled-walnut wood (not plastic) cabinet
at a fraction of the A-25’s price. The A-10 fits in any
bookshelf, or is easily hung on the wall with brackets
supplied.

The best buy A-10 is the first choice for incon-
spicuous back speakers in quad systems, perfectly
complementing your present larger Dynaco (or other

similar-sounding) designs. Smooth, articulate, wide-
range clarity; near-perfect transient response for
precise delineation. Verbatim reproduction with pro-
digious power handling capability makes the A-10
the obvious choice for main speakers, too, where
space is at a premium.

Dynaco never rips you off. To prove it, a diagram
on our demo record (from your dealer, or send
coupon) shows you how to try 4-D sound without
even the Quadaptor if you have 4 similar speakers.

SPECIAL DIRECT OFFER ON
4-DIMENSIONAL DEMO RECORD

l DYNACO INC. I

| 3060 Jefferson Street, Philadelphia, Pa. 19121

Enclosed is my check or money order for $2.95. Please
send me the new Dynaco/Vanguard 4-D demo record post-
I paid. Limited to USA residents only. I

l Name

|
o |
|

I Address.

City _State_ __Zip.

Ng’\laca ’NC. Division Tyco

3060 JEFFERSON ST., PHILADELPHIA, PA. 19121
In Canada write: DYNACO OF CANADA LTD., Montreal, 760, Quebec, Canada
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Wavg = I’ rms R

. The product of the rms voltage and the rms current equals

the average watts (power), not rms watts.

Wavg = Erms x Irms
A waltmeter reads average, not rms waltls.
The average power in a circuit is one half of the peak
power.,

Wavg = 0.5 W peak

rms power is equal to .61237 of the peak value.
There are no instruments (voltmeters, ammeters or watt-

8 = 12210 1
61237 = 8l6to |

meters) that are calibrated in terms of rms power. Further-
more, it is a rather useless term.
Wrms = 61237 W peak

Since

Wavg = .5 Wpeak

Wrms = 61237 W peak

61237 = 1.22 to | ratio of rms to average watts

ratio of rms to average watts

ratio of average to rms waits

TABLE 1
VOLTAGE CURRENT AND POWER VALUES FOR FIGURE I
E max = 1 volt I max = [ volt W max = | watt
E inst. (volts) I inst.? or
or
E inst.? or
Degrees I'inst. (Amps) W. inst. (Watts) W inst.
S 0871557427 00759612349 .00005770109
10 1736481775 0301536895 .00090924499
175 .0871557427 00759612349 .00005770109
180 —0— —0- 0—
TOTAL 22.90376554 18. 13.49999998
Average 22.90376554 = .636 18 = 0.5 13.49999998 = .375
36 36 36
RMS 0.5 = 7071067812 375 = 6123724357

636to 1 = ratio
of average to peak
voltage or current

7071067812 to | = ratio
of rms to peak voltage
of current

6123724 to 1 = ratio
of rms to peak watts

Microphone Director
Addenda

MANUFACTURER SPECIAL
FEATURES
SENNHEISER Very flat frequency response
R Chrome Boom “Pressure transducer
MD 415 Card Metal Gold 18 | Din %x6 | 11 Standor | 141.00 Pop., resistant.
Boom “Pressure gradient transducer
MD Card. Pres Synth. Dull 200 | 3017 | -1485 | XiR 15 | XLR Tx1h 14 Standor | 129.00 Continuous bass roll-off
21U Grad. Fiber Gray x 1% Boom attenuator.
MD-420-2 Close Pres Metal Lt. Dult 200 { 200-10%| —146 Tuchel | 15 Tuchel 1% x 4 Stand or | —265.00 Noise-canceiling mic
Talk Grad. Gray T-3080 T-3080| 5% Goose
MD-420-2T Neck -2773.00
MKI12 Omni Cond Metal Gray 10 20-20k | ~121.5 | Att 15 | Min. Yx %] 32 Tie 227.00 Lavalier type
Clip
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The best time to upgrade
your component system
i1s before you buy it.

If you're a typical reader of this
magazine, you most likely have a sizeable
investment in a component system. So our
advice about upgrading might come a little late.

What you might have overlooked,
however, is the fact that your records are the
costliest and most fragile component of all. As

wellas the only one you will continue to invest in.

And since your turntable is the only
component that handles these valuable records,
advice about upgrading your turnfable is better
late than never.

Any compromise here will be costly.

And permanent. Because there is just no way
to improve a damaged record.

If the stylus can't respond accurately and
sensitively to the rapidly changing contours of
the groove walls, especially the hazardous
peaks and valleys of the high frequencies,
there's trouble. Any curve the stylus can't
negotiate, it may lop off. And with those little
bits of vinyl go the high notes and part of
your investment.

If the record doesn't rotate at precisely
the correct speed, musical pitch will be
distorted. No amplifier tone controls can
correct this distortion.

Dual 12155, $109.50 Y

If the motor isn't quiet and free of
vibration, an annoying rumble will accompany
the music. You can get rid of rumble by using
the bass control, but only at the expense of
the bass you want to hear.

Experienced component owners know
ali this. Which is why so many of them,
especially record reviewers and other music
experts, won't play their records on anything
but a Dual. From the first play on.

Now, if youd like to know what several
independent test labs say about Dual, welll
send you complete reprints of their reports.
Plus a reprint of an article from a leading
music magazine telling you what to look for in
record playing equipment. Whether you're
upgrading or not.

Better yet, just visit your franchised United
Audio dealer and ask for a demonstration.

You'll find Dual automatic turntables
priced from $109.50 to $199.50. That may be
more than you spent on your present turntable,
or more than you were intending to spend on
your next one.

But think of it this way:. It will be a long,
long time before you'll need to upgrade your

Dual. m@

Dual 1218 $155.00

Dual 1229 $199.50

United Audio Products, Inc., 120 So. Columbus Ave., Mt. Vernon, N.Y. 10553

Exclusive U S. Distribution Agency for Dual

Check No. 15 on Reader Service Card



HERE’S NOTHING BETTER than

I the onset of well-deserved
sleep that succeeds a hard

day’s work. But, given a quiet enough
room, with outside and inside noise
down to a minimum, then the mali-
cious intent of a single mosquito
humming its act of vengeance will be
noticeable in the sense that you’ll hear
it. The sound power output of this
insect, beside which a bee is a behe-
moth, is maximum at the source
and might represent a microwatt,
a millionth of a watt, or less. But that
1s at the source. Lying prone, some

Martin Clifford

ThelLanguac

six or eight feet away, the sound de-
creases to a fraction of its original
amount. It is difficult to say by how
much since high pitched sounds, in
traveling through air, decrease in
strength much more rapidly than low-
pitched sounds. And the mosquito is
quite far removed in pitch from the
bass tones of a pipe organ. And so
what does alert you is a sound power
of a fraction of a millionth of a watt.

Thinking in the other direction,

you might turn on your hi fi system so
the sound level reaching your ears is
about | watt. Purely on the basis of

--Part VI

bels, abbreviated as dB. If you want to
take O dB as your reference level, that
would be the end of your auditory
yardstick at which you might just
barely hear sound, but. wouldn’t be
too sure about it. Down at 0 dB you
might become conscious of the noise
of your own breathing and your
heart beat interfering with this test.

Someone trying to attract your atten-
tion and whispering to you from about
five feet away might produce a sound
intensity of 10 dB. An auto in good
condition about twenty feet away

30

might raise sound pressure to 50 dB.
On a Saturday afternoon your super-
market is probuably around 60 dB and
so it you and a friend are shopping-
talking, the conversation is being car-
ried on at around 70 dB. Pneumatic
street drills, stcel girder riveting. and
on-ground nearby jet engines can
push sound pressure up to 90, 100 or
more decibels. At which point you
should leave, cover your ears, or stuff
them with cotton, for you are at the
threshhold of pain.

Now let’s translate this in terms of

these unscientific revelations, your
hearing has a sound power range of
more than a million. Actually, the
power range of human hearing has a
factor of several million or more, from
sounds that are barely perceptible
under ideal hearing conditions to the
point at which they become somewhat
painful.

The Loudness Of Sound

The loudness of sound is a measure
of the intensity of the sound. Loudness
levels are described in terms of deci-

-

g o

e of Hioh Fidelity

audio power. 10 watts isn’t all that
much: most amplifiers and speakers
today have much higher ratings. And
yet it you have a listening position
of about 10 feet from a speaker sys-
tem utilizing 10 watts of audio power
you will have passed the threshhold
of pain, or somewhere between 100
and 120 dB, depending on the char-
acteristics of your own hearing mech-
anism. That’s not too surprising,
though. since you are listening to a
sound power level that’s many millions
of times greater than the mosquito we
started with.
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Manufacturers often talk and write about
performance specifications, particularly their
wide frequency range, as an indication of their
equipment’s quality. But how does this relate
to “listening quality””? Speaker ma~ufacturers
publish nearly identical specifications—but
these are of interest only as theoretical
abstractions, since no one can sigrificantly
relate them to “listening quality.”

Bozak Speakers have only one purpose, we
call it the “Bozak ldeal”’; to recreats your
favorite sounds technically and musically—
rock or Bach—in all of their subtle detail and

thrilling power. Wita clean, true-pitch
bass, clearly defined mid-tones and clear,
warm treble.

Bozak’s Sonora speaks for itself too!
Designed especially for those with an ear for
superb sound but with limited budget, as well
as space, Sonora has more quality for its size
than any other bookshelf speaker available.
Hear them at your Bozak dealer today. You'll
discover that every Bozak is all Bozak!

BEOZAK, Box 1166, Darien, Conn. 06820

Qverseas Export: Elpa Marketing Industries Inc.
New Hyde Park, N.Y. 11040

Itstough
to compare something
In a class by
itself.

(LUK
/




Sound Characteristics

We live at the bottom of an ocean
of air, walking through it, breathing it,
polluting it, pushing it. And when we
disturb it we get sound. But air con-
sists of molecules, and so we get sound
by upsetting their random scattering
behavior, compressing them at times,
rarefying or separating them at others.
It may seem difficult to categorize
such a situation, but we can and we
do.

Sound has three dependable char-
acteristics: loudness, pitch, and quality.
Working backward, the quality of a
sound depends on the number of over-
tones or harmonics. The pure tone of a
pitch pipe sounds dispirited compared
to the richness of the human voice at
the same tone, harmonic laden. Pitch
is determined by the frequency of the
sound wave and the larger the number
of sound vibrations per second, the
higher the pitch. Listening pitch range
depends upon a person’s age, sex,
health, disposition to tell the truth
about hearing ability, and the loudness
of the sound. It can extend from 20 Hz
to 15,000 Hz, but s probably in a nar-
rower range for most people.

Many people can hear up to 10,000
Hz. with those having a hearing ability
above 10,000 and going to 15,000 or
possibly 20,000 Hz becoming a select
crew. Down at the other end, the
problem is twofold. Once we get
below about 50 Hz, it is very difficult
to get pure tones. Thus, if you’re
listening to the low-down pipes of
an organ, what you think may be 30
Hz, is more probably the second
harmonic, or 60 Hz. In listening to a
complex tone, it is entirely possible for
the fundamental to be inaudible.
What we hear will be harmonics.

Loudness is another factor. You
might be able to hear a pure tone of
30 Hz if it were loud enough. And
so one of the characteristics of human
hearing is that we need more sound
power down at the low-frequency and
to be able to hear the lows in proper
proportion to the rest of the audio
range. You can test this yourself with
an ordinary, non-sophisticated, non
hi fi receiver. Tune in a station with a
thumping good bass and make sure the
volume control is way up. Now turn
down the control for ‘quiet’ listening
and you’ll find the bass has practically
disappeared. It isn’t that the volume
control has preferential militancy
against bass. Blame it on your ears.
That’s why, in an orchestra suddenly
reaching a pianissimo passage, the man
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RATIO OF SOUND
POWER INTENSITY
1 0
10
100
1,000
10,000
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change in decibels.

ing change in decibels.

Fig. 1—A comparison of sound power or sound intensity and the corresponding

Fig. 1-A—A comparison of sound power or sound intensity and the correspond-

RATIO OF SOUND POWER
INTENSITY IN DECIBELS

with the bull fiddle doesn’t have to
decreasc his sound output as much as
the artist with the piccolo. And while
we're with this orchestra, you might
note that the difference in dB be-
tween the softest and loudest passages
is the dyvnamic range.

Some Sound Differences

The sensitivity of the ear to loud-
ness isn’t all that simple, for it de-
pends on both pitch and the sound
power level. And a certain increment
in sound power is required before
we can perceive that a change has
been made. If, for example, you are
whispering at a sound level of 5 dB
and raised your voice by just | dB, the
difference would not be noticed. It is
because a definite percentage increase
in sound intensity is required before a
change can be noticed that we use
the decibel whose value represents the
smallest loudness change we can be
aware of in the middle range of sound
frequencies. As an example, assume we
have two tones at the same pitch.
If these two tones differ by three dB,
the second will have twice the ‘power
of the first. hence will sound twice as
loud. If we go to 6 dB, the second
tone will sound four times as loud. In
effect, we get a doubling of sound
loudness for cach 3 dB increase. The
decibel, then refers to a difference
in the level of sound intensity. A deci-
bel is a comparison unit. And because
this is what it is, it has no name, such
as those we assign to other units of
measurement—6 inches, 20 gallons, etc.
If you insist on a definition, a decibel
is a logarithmic comparison or ratio
between two power levels. Logarithmic,
not because we want to make things
difficult for hi fi listeners, but because

that is the way the human ear re-
sponds to sound pressure levels.

Figure 1 is a table that compures the
ratio of the intensities or the powers
of two sounds and that saume relation-
ship expressed in decibels. Note, in the
column at the left, it we increase
sound intensity by a multplication
factor of 10, the decibel change 1is
simply an increase (not a multipli-
cation) of 10. If, for example, you have
an amplifier with an output of just 1
watt and decide to exchange it for a
unit with an output of 100 watts, what
you will gain will be 20 decibels, or
the logarithmic ratio between 100 and
1. It takes a gain of 1,000,000 to 1 to
get a gain of 60 dB. Figure | also
shows that if you start with a 1 watt
output and go to 10 watts, you will
need to go to 100 watts, to get the
same dB increase. However, it you are
already at 100 watts (and the amplifiers
in many receivers and power amps do
have such a rating), then you would
need to go up to 1,000 watts, 1 kilo-
watt, before getting another 10 dB
increase.

When Is a Watt Not a Watt?

An amplifier with a power output of
10 watts can drive you out of your
room and skull. And yet, if you have
an amplifier with a power output of
50 watts (and if, theoretically, you
could listen to it) you would not notice
the difference if you increased the
power output by an additional 10
watts, going from 50 to 60. 10 watts
in both instances, with one that is
ear shattering and the other barely
noticeable. The answer is in the word
difference. In the first you might be
going from 1 milliwatt, or a thous-
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The three-dollar bill.

The stylus shown above is phony. It's represented as a replacement stylus for a
Shure-cartridge, and aithough it iooks somewhat authentic, it is, in fact, a shoddy
imitation. It can fool the e=ye, but the critical ear? Never! The fact is that the
Shure Quality Control Specialists have examined many of these impostors and
found them, at best, to be woefully lacking in uniform performance — and at
worst, to be outright failures that simply do not perform even to minimal track-
ability specifications. Remember that the performance of your Shure cartridge
depends upon the stylus, so insist on the real thing. Look for the name SHURE
on the stylus grip (as shown in the photo, left) and the words, “This Stereo
Dynetic® Stylus is precision manufactured by Shure Brothers Inc.” on the box.

Shure Brothers Inc. | £
222 Hartrey Avenue, Evanston, lllinois 60204 i'g SHURE

Check No. 16 on Reader Service Card




andth of a watt, a change of 40 dB. In
the second example, the change would
be from 50 to 60 dB, and the ratio
here (60 divided by 50) is about 1.2 dB,
and that amount of change is hardly
noticeable.

Loudness Vs Pitch

Loudness is sound pressure; pitch
is frequency. If you have two tones
of the same frequency, it takes about
3 dB for the second tone (still of the
same frequency) to sound iwice as
loud as the first. In terms of power
output, assume the first amplifier has
an output of 10 watts with | watt of
signal driving power. The output in
dB is 10. Still using a tone of the same
frequency, and the same amount of
signal driving power, the second ampli-
fier could have an output of 20 watts,
or twice as much power output as the
first. The output would be 13 dB.
A 100% increase in power outpul in
this example results in a tone that
sounds approximately twice as loud.

But extremely few compositions are
written for single tones. Even that
perennial favorite of the novice pianist,
“chopsticks,” does have some tonal
variation. The saving grace is that the
ear is extremely sensitive to changes in
pitch. In the -middle regions of the
sound scale, a change in pitch of only
three tenths of one percent is generally
noticeable. And so, while sound must
literally blast us out of our listening
seats (0 get our attention that a change
of sound pressure or loudness has
taken place, just a slight movement up
or down the musical scale flashes a

warning signal to our listening
apparatus.
-
(72l
[}
o
[s0]
& T - T
S N SWITCH ON P
o) {
% l [ SWITCH OFF N\
wl
= !
wl
k. BASS 1kMz TREBLE
D
g FREQUENCY (Hz)
,_
-
<T

Fig. 2—The loudness control compen-
sates for deficiencies in human hearing
at low levels at the extremes of the
listening range.
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Loudness Vs Volume Controls
On the front of your receiver or
power amp you will find two controls,
one identified as /oudness, the other as
volume. The function of the volume
control is obvious. It controls sound
power output so that what you hear
covers the range from oh so quiet to
tympanum shaking. The loudness con-
trol, sometimes called loudness con-
tour, and not to be confused with the
volume control, governs a circuit which

counteracts the reduced sensitivity of

the ear to very low and high notes at
low volume levels. The loudness con-
trol which compensates for the way the
human ear behaves, boosling extreme
sound ranges at low volume settings.
And so, if you have your volume
control turned up, switch the loudness
control to its off position. Fig. 2 is a
graph that shows the behavior of the
loudness switch. In the midrange it
has no effect, but it compensates for
our hearing rolloff down at the bass
and up at the treble ends.

BOOST

<—i—>

]

ATTENUATE

Fig. 3—Frequency characteristics of a
CR type tone control.

Volume Vs Balance Controls

The purpose of the balance control
is to govern the amount of sound
coming from left-right  speakers.
Without this control you would need
to position yourself rather precisely to
get optimum stereo effect from your
two speakers. The balance control lets
you sit to the right or left of center
and to compensate, not only for your
position, but for the fact that the two
speakers might have different effi-
ciencies. The balance control, of course,
is nothing more than a special purpose
volume control. However, the balance
control doesn’t work quite the way you
might think it does. If you turn it
to the right, it doesn’t increase right-

BASS «— CENTER — TREBLE

channel volume but actually reduces
left-channel volume. [t’s all relative,

anyway.

Tone Controls

Unless you are a juke box affi-
cionado and have an unsatisfied desire
for strong bass, or if you have a pre-
dilection for treble, the best place to
keep the tone controls is in their
‘flat’ position, clearly marked on the
panel of your receiver or power amp.
Tone controls are best used sparingly
and their constant manipulation indi-
cates a form of nervous apprehension
not curable by music. The purpose of
the bass and treble controls isn’t to
supply the owner of the power amp
with some kind of musical dictator-
ship, but to compensate for the listen-
ing room, or possibly for the speakers,
to overcome minor deficiencies in
the recorded material, or to satisfy the
idiosyncrasies of a pair of ears. With
good, new LP records or tapes played
on good equipment in a representative
listening room. extreme tone control
settings are almost never required.

In its simplest, bargain basement
form, as found on portable radios, a
tone control is just a combination of a
capacitor with a resistance. A tone con-
trol of this type doesn’t boost any-
thing. It makes bass sound stronger,
but does so by cutting down on treble.

More suitable to hi-fi applications is
the CR type tone control (Fig. 3)
which boosts or reduces frequencies
above and below a turnover point
For even more precise, active control,
negative feedback techniques are used.
Known as an NFB type tone control,

BOOST

<———-1—>

/CENTEN
|
!

BASS -—— —w» TREBLE

ATTENUATE

Fig. 4—Frequency characteristics of a
NFB type tone control.

it requires rather elaborate solid-
state circuits. Fig. 4 shows the fre-
quency response characteristics.

On some amplifiers, the tone con-
trols work on the left and right stereo
channels simultaneously, while others
may have separate controls, usually
concentric double knobs for governing
the left and right channels separately,
advantageous when your listening
room presents some acoustic problems.
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This receiver gives you more
control over Beethoven’s Fifth
than Beethoven had.

We call it our SEA.

What it stands for is sound
effect amplifier. What it does is
nothing short of

It breaks up sound into five
different frequency ranges, instead
of just the usual bass and treble.
So you can tailor sound to your

own taste.
If you're crazy
about a certain singer, but
not so crazy about the band that’s
playing with him, you can bring up
the voice and push the music into the
background.
The same thing can be done
to emphasize a particular section
of an orchestra. Or even a
particular instrument.
And since there’s not much
point in having a great receiver
with not-so-great acoustics, SEA
lets you compensate for the shape
of your room and the furniture in it.
But the nicest thing about
the SEA system is its ability
to create entirely new sounds by
mixing and altering other

recorded sounds.

This SEA receiver also has a
linear dial scale with “Bull’s Eye”
tuning. Which takes the guesswork
out of tuning FM.

Another great thing about
this powerful FM/AM receiver:
it’s ready to handle 4-channel
sound any time you are. Because
it has all the necessary inputs
and outputs for 4-channel sound.

So any frustrated conductor
can now improve on Beethoven in
the privacy of his own home.

JVC America, Inc. lvc

50-35 56th Road,
Maspeth, New York 11378

Distributor in Canada: Magnasonic Canada Ltd., Montreal, Toronto, Winnipeg, Edmonton, Calgary, Vancouver, Halifax.

Check No. 17 on Reader Service Card



RESPONSE (dB)

Filters

The word ‘filter’ is possibly an un-
fortunate choice for it connotes an
improvement or a greater obtainable
purity with its use. Alas, not so. The
purpose of a filter is to attenuate low
or high (or both) sound frequencies.
Low and high filters, sometimes
labeled as rumble or bass filters and
noise or scratch filters, respectively, on
hi fi equipment, have functions as
shown in the curves of Fig. 5. The bass
filter is designed to cut off, or more

‘ 30 Hz ON 12 kHz ON
L7 NN
77 e N\
{ 6 kHz ON
L | .
1 K

FREQUENCY (Hz

Fig. 5—Filter characteristics.

precisely, to attenuate by so many
dB, the sound spectrum below a
certain point. generally somewhere
between 100 and 50 Hz. This is parti-
cularly useful if you have a turntable
that generates some hum and rumble.
Note this isn’t a particularly good tech-
nique, because the price you pay is
the elimination, or, at least, the atten-
uation of a part of the musical spec-
trum. If your equipment works best
with the bass filter set in its maximum
position, it would be advisable to con-
sider a cure.

The high filter attenuates fre-
quencies above 8,000 to 10,000 Hz to
climinate scratching and hiss from
records, tapes or FM reception. Again,
you pay a price in the loss of sound
you should be hearing. Tape hiss can
be cut down quite a bit by the use of
a Dolby unit which you can incorpor-
ate into your present hi fi system, or,
if’ you haven’t as yet bought your
cassette or open reel unit, just make
sure they are ‘Dolbyized’. As far as
record noise is concerned, it is the
better part of hi fi valor to make sure
your discs are clean, that your stylus
is not only clean but in good condi-
tion. and that tracking pressure is
correct. Using your scratch filter as a
substitute is an easy, but not a good
way, out. The ideal position for filters
is in the ‘off” position.

Crossover Networks
And Level Controls

The purpose of telling you about
loudness, volume and tone controls is
to show you that we don’t have to
accept sound as it is. We can mani-
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pulate it and shape it. as though it
were just so much malleable clay.
And if, as a purist, you think this is a
terrible thing to do, consider the effect
you have on sound every time you
move around a room, or what you
hear ‘live’ depends on where you sit,
and on your musical training, and on
the state of health of one ear versus the
other. Not all soup tastes best un-
seasoned.

It is true that during the manipula-
tive process of setting filter, loudness
and volume controls the sound is still
in the form of an electric current, but
you can also change it when it emerges
as sound energy just by shifting
speaker positions or altering the
acoustic contour of your listening room
by adding some throw cushions or
removing a rug.

We changed sound to suit personal
tastes. And as musical tastes change,
there may come a preference for sound
that more closely resembles the orig-
inal. Call it musical sophistication.

Sound can not only be modified, but
split as well. Your speaker systems
contain crossover networks and quite
possibly one or more level controls.

CROSSOVER NETWORK LEVEL CONTROL.

AMPLIFIER

| S

Fig. 6—Crossover network and level
control.

(Fig. 6). Crossovers are electronic
circuits that split the sound spectrum
into low and mid/high range for 2-way
systems, low. mid- and high- for 3-way.

Ordinarily, the crossover consists of

coils and capacitors, with the coils as
ferrite types. The border frequencies
at which sound ranges are continuous
are called crossover points. (Fig. 7)
Because they are not tunable, they do
not always deliver equal response in
each sound range.

The level control is a ‘kissin cousin’
of the volume control and works the
same way. It consists of a variable
resistor, a potentiometer or ‘pot’
which dissipates part of the signal.
And so, it is just a simple attenuator
which allows the medium or high
sound ranges to be suppressed or
boosted to a limited extent a helpful
way of matching the speaker response
to the acoustics of your listening room.
That word ‘boosted’ though, is a mis-
nomer. No resistive network, acting

alone, ever boosts anything. It just
sounds as though it does. All it can do
is to weaken one part of the sound
spectrum relative to some other part.
But if your sound system has volume
to spare. the price is quite small.

]
MID-HIGH RANGE
] SPEAKER
WOOFER 1
T
1

RESPONSE

2-WAY 0 FREQUENCY

l |
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SPEAKER
i
s
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— -

3-WAY FREQUENCY
1,

Fig 7—Graphs of 2-way and 3-way
crossover networks; f1 is the crossover
for the 2-way; f2 and {3 for the 3-way.

Noise

Sound doesn’t always reach us in
its original pristine purity. On its way
to us from the FM station it can be
sullied by other signals, both man-
made and natural. Atmospheric noise,
auto ignition noise, noise from inside
fluorescents and outside neons, elec-
trical noise from motors. That’s still
not all. The insidious enemy is at
work right inside your hi fi system.
Currents produce noise when they flow
through parts, such as resistors. Your
record player is a combined music
and noise maker. And, invisible
though they may be, in your home you
are surrounded by magnetic fields
whose varying strengths enable them to
induce hum voltages into your hi fi
system. The sum of this electronic
ecological disaster is grouped under
one heading—noise. It consists of a
mixture of random signals, plus all
unwanted signals such as hum, hiss,
rumble, interference and distortion.
Signal-to-noise ratio, abbreviated as
S/N, is a comparison or a division—
the amount of wanted signal divided
by the amount of noise. The ideal is
to make S as large as possible and
drive N down to zero. The ratio is
always given in dB. 50 dB is about a
minimum requirement. A signal to
noise ratio of 20 dB means the signal
is 100 times as large as the noise.
With a ratio of 30 dB the signal is
1,000 times greater. When you get up
to 60 dB, the signal is a million
times as large as the noise. But if this
is any solace to you, remember it takes
just one small swimming fly to spoil
a plate of soup.

(to be continued)

In practice, s/n measurements are usually ex-
pressed as a voltage ratio. A s/n of 40 dB would
be equivalent to a voltage ratio fo 100.
-Ed.
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When you make a better cartridge
the world beats a path to your door.

From the U.S.

“Separation was tops...square wave response outstanding. We tracked it as low as %« gram.”
Audio Magazine

“Among the very best. The sound is superb. Frequency response was flat within #=1%2dB from
20-20,000Hz. Compliance measured 35x 10-6cm/dyne.”
High Fidelity

“The |.M. distortion at high velocities ranks among the lowest we have measured. A true
non-fatiguing cartridge.”
Stereo Review

From Great Britain

“Areal hifimasterpiece. Aremarkable cartridge unlikely to wear outdiscs any more rapidly than a
featherheld lightly againstthe spinninggroove.”
Hi-Fi Sound

A design that encourages the hi-fi purist to clap his hands with joy."”
Records and Recording Magazine

From Canada

“One of the world’s greatest cartridges,”
Dealer’'s Choice, Scotty's Stereo.
Sound Magazine

From Japan

Grand Prize for cartridges in first all Japan
Stereo Component competition.
Radio Gijutsu Magazine

Foryourfree
“Empire Guide to Sound Design”’

write:
Empire Scientific Corp.
Garden City, New York 11530
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‘FAIL-SAFE

‘AUDIO « AMPLIFIER

High power, solid-state audio amplifiers are not new to
audiophiles. Shaker table amplifiers, which are used in our
aerospace programs to test equipment for mechanical stress
failure, have been capable of delivering more than ten kilo-
watts at low audio frequencies for more than a decade. The
1960’s saw a dramatic transition from tube equipment to
solid-state electronic equipment. But because early power
transistors had limited voltage ratings, a step-up out-put
transformer was necessary to produce voltage swings large
enough to drive speakers (sce fig. 1). Even now we still

k3

Fig. 1—Transformer coupled output stage.

find manufacturers of public address systems using step-up
output transformers to provide a 70-volt line.

As the technology in the semiconductor industry improved,
the break-down voltage ratings of power transistors also im-
proved. Capacitor-coupled designs (see fig. 2) came into

e

CAPACITOR

Fig. 2—Capacitor coupled output stage.

vogue. Soon afterwards, a few brave audio amplifier manu-
facturers entered the market with direct-coupled output
stages instead of the traditional indirect-coupled output stage.
As a result of the experiences of these early audio amplifier
manufacturers, substantially all high performance audio
amplifiers now use direct-coupled output stages. But the
evolution of the dual supply, direct-coupled output stage has
not been trouble-free.

The utilization of a direct-coupled output stage requires
that the speaker system be connected in series with the out-
put stage transistors and the power supply. If a transistor
should fail, then excessive current would flow directly
through the speaker system, producing extensive speaker

* BGW Systems.
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Brian (.
Wachner®

damage. With transformer and capacitor-coupled output
stage designs, the power supply voltage simply cannot appear
at the output terminals of the amplifier, so no speaker
damage can ever result from transistor failure.

Direct-Coupled Output Stage Design

At the outset it is important to understand just what
happens in a typical direct-coupled output stage when a
power transistor develops a short from its collector to its

Fig. 3—Direct coupled output stage using split supplies.

emitter. The diagram (fig. 3) is a simplified direct-coupled
output stage and shows the speaker system in direct series
with the output transistors and power supply. There are no
transformers or capacitors to serve as a “‘buffer” to prevent
excessive current from flowing through the speaker. A
collector-to-emitter short of one or both output transistors
places the speaker system directly in series with the power
supply. This, of course, means “instant death” for prized
woofers and tweeters unless excessive power supply current
can somehow be prevented from reaching the speaker system
before its point of destruction.

Those manufacturers who use fuses generally place the
fuse either in the power supply leads to the output transistors
or in series with the speaker (fig. 4). The obvious problem
with this approach is that a fuse must be large enough to
carry peak amplifier output current, but small enough to
melt if an output transistor should fail, i.c., develop a collec-
tor-to-emitter short. These contradictory requirements are
rather unfortunate and mean that a fuse must have a rela-
tively long melting time. If the fuse were called into play,
by the time it melted the speaker system may have been
destroyed.

Those manufacturers who use relays to protect the speaker
system generally place the relay contacts in series with the
speaker (fig. 5). When an output transistor fails, the relay
opens and removes the speaker system from its potentially
destructive current source. But a relay is a mechanical rather
than an electronic protective device, and it is extremely slow
to react so the speuker system is more likely to be destroyed
before the relay has had an opportunity to open.

What is ultimately required to save the speaker system
from output transistor failure is a fast reacting electronic
circuit capable of diverting excessive current flow in the

AUDIO « FEBRUARY 1973



Specs 15ips | 7%ips |
0 0
PR FE I NAL 3 speeds - 15, 7% & ‘f"'&ﬂ' 4%:6 2%39 " .
- 3%ips; hysteresis syn- | fresp | AdHzlo | 2z lol computer - logic  con-
chronous drive motor | : trols for safe, rapid
[ S/N -60dB -60dB |  tape handling and
torque reel motors editing; full remote

control optional

STUDIO
EQUIPMENT

“capable of providing
the most faithful re-
production of sound
through the magnetic
recording medium .

to date” -Audio meg-
azine, 4/68

optional Trac-Sync

individual channel
equalizers
third head monitor
with  A/B  switch;
meter monitoring  of
source, fape, output
and  source+tape;

sound - with - sound,

sound-on-sound and

echo o )
2 mixing inputs per
channel

individual channel bias

} adjust
rﬁgges(tjrucg?]r:)ugh o modular  construction
: ith

withstand parachute  $1790 for basic rack- :l|||t 10easr¥]0v?ﬁtg:es;artt2

drops” -Audio  mag- mount half-track Stef_eo and  plug-in circuit

azine, 4/68 deck, about $23(0 with boards; deck rotates
RECORDERS & tpr'.C?”ﬂ 300950’;95; 360° in console, locks

ormica floor console at any angle

$295, rugged pertable
case - $69

REPRODUCERS CX822

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

All Crown amplifiers are warranteed
three years for parts and labor. They
are 100% American-made to profes-
sional quality standards. All are fully
protected against shorts, mismatch and

SX 71 1 Claimed by its pro audio owners to
be the finest professional tape recorder value on
the market today price versus performance
® Frequency response at 7%ips +2dB 20Hz-20kHz,
at 3%ips +2dB 20Hz-10kHz ® Wow & flutter at
7%ips 0.09%, at 3%ips 0.18% & S/N at 7'2ips-60dB,
at 3%ips -55dB ® Facilities: bias metering and
adjustment, third head monitor with A/B switch,
sound-with-sound, two mic or line inputs, meter
monitoring same as CX822, 60012 output ® Remote
start/stop optional, automatic stop in play mode
= $895 for full-track mono deck as shown, $995
for half-track stereo deck

open circuits. Construction is indus-
SP722 ) trial-grade for years of continuous
Ideal reproducer for automation operation
systems ® Meets or exceeds all NAB standards C
= Remote start/stop optional, automatic stop in For more information, write CROWN,

Box 1000, Elkhart, Indiana 46514

T e

play mode » $595 for half-track stereo reproducer

STUDIO MONITOR
AMPLIFIERS Gt
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DC300

Delivers 150 watts RMS per channel at
8€1 = |M distortion less than 0.05% from

° n0 @

D6O

Delivers 30 watts RMS per channel at
8Q) mTakes only 1%" rack space, weighs
8% Ibs. ® IM distortion less than 0.05%
from 1/10w to 30w at 82 = S/N 106dB
below 30w output ® $229 rack mount

D150

Delivers 75 watts RMS per channel at
8() = IM distortion less than 0.05%
from 0.0lwto 75w at 8Q) = S/N 110dB
below 75w output s Takes 5%" rack
space, weighs 20 |bs. = $429 rack mount

Check No. 19 on Reader Service Card

0.01 w-150w at 8Q2 = S/N 110dB below
150w output at 82 = Lab Standard per-
formance and reliability = “As close
to absolute perfection as any amplifier
we have ever seen” - Audio magazine,
10/69 = $685 rack mount



failure mode. Electronic computers requiring regulated low
voltage direct current power use an electronic ‘“crow bar”
to prevent similar potentially destructive current surges from
reaching expensive integrated circuits. This “crow bar” is a
silicon controlled rectifier (SCR) which operates by actually
shorting the power supply to prevent excessive current from
damaging delicate integrated circuits. The same SCR crow
bar circuitry is used in all BGW amplifiers. (fig. 6). No
fuses are necessary. There is no chance for human error and
no having to run out to the local hi-fi store if a fuse should
accidentally blow.

Output Stage Design Considerations

There are several constraints that dictate the circuit para-
meters which output transistors must be capable of meeting.
They are (1) breakdown voltage specification, (2) current
handling capapbility, (3) gain bandwidth product, and (4) safe
operating area. The mechanical and thermal characteristics
of output transistors and their thermal resistance also are
important factors.

Fig. 4—Fused output stage.

As an cxample of output stage design. consider the para-
meters for an amplifier that is capable of delivering 200
waltts into an 8 ohm load, and 250 watts into a 4 ohm load.
The equations that relate power output to voltage, current,
and load resistance are shown below. Solving these equations
for the above example output stage, the following table can
be constructed:

Output power 250 watts 200 watts
Voltage rms 3 1.6 volts 40.0 volts
Current rms 7.9 amps. 5.0 amps.
Peak voltage 44.5 volts 56.5 volts
Peak current 11.1 amps. 7.0 amps.

By inspection, we see that the peak voltage occurs for the
8 ohm load but that the peak current occurs for the 4 ohm
load. Our power supply must be capable of handling the
peak current and peak voltage requirements required by the
various output stage load resistances, which in this example
are two.

Although our peak voltage requirement is technically only
56.5 volts (and occurs for the 8 ohm load), power supply
regulation and the desire for a few volts “headroom” suggest
that the power supply voltage requirement should be some-
what greater, say about 70 volts. The output transistor break-
down voltage is, at a minimum, twice the power supply
voltage. Hence, we require output transistors with breakdown
voltages of at least 140 volts. Ohm’s Law tells us that the
output transistors must also be capable of handling peak
currents of at least 11.1 amps, (the peak current for the 4-

40

ohm load). Thus, our output transistors must have a break-
down voltage of at least 140 volts and be capable of handling
peak currents of at least 11.] amps.

SUPPLY

RELAY

ey d

SUPPLY

Fig. 5—Relay protected output stage.

Today there are four basic types of power transistors:
single diffused, triple diffused, epi base, and multiple emitter
site double diffused. A comparison of the specifications of
these various types in tabular form would look like the in-
formation presented in the following table:

These devices are all NPN types, since the availability of
high voltage. high power PNP types is limited to epi base
transistors. Practically all large amplifiers use NPN output
devices, so we will confine ourselves to quasi-complementary
designs. The devices which have the largest safe operating
area are the single diffused types. These are the most rugged,
but also the slowest. The 2N6259 clearly can handle over
three times as much current at 75 volts as the triple diffused
DTS410.

CONTROL

SUPPLY

Fig. 6—SCR crowbar protected output stage.

Now let’s finish our analysis of the output stage and deter-
mine the safe operating points which the transistors must be
capable of handling. We have made the following assump-
tions: The power supplies are fixed at plus and minus 70
volts, the maximum power requirement is 250 watts into 4
ohms and 200 watts into 8 ohms. The problem is to dcter-
mine how many of each type of device in parallel are neces-
sary to produce a unit that will not exceed the manufacturer’s
safe operating area at a maximum operating case tempera-
ture of 70 degrees centigrade, since hotter temperatures
would prove hazardous to the transistor and cause burns if
accidentally touched.

Equations
Waus,,, =(Voltage.,)'
Load Resistance

Voltage,.., = /Power X Load Resistance
Current,,,, = Power
Voltage.
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Sony’s new chromium dioxide cassette
tape is hungrier for high frequencies.

@7 AN

/
Sony chromium dioxide CRO-60 tape will
record up to 50% more volume before you
encounter distortion on playback. CRO-60 is
hungrier than other tapes for high frequencies.

This means more recorded sound than
standard cassette tapes before distortion sets in.

What you hear.

Far less distortion, a smoother frequency re-
sponse, and a greater dynamic range than
standard tape. Every aspect of the sound, espe-
cially the higher ranges, comes through with
sparkling fidelity.

Sony CRO-60 gets it all together from
bottom bass lows to high howlin’ highs. And
everything in between.

A Sony tape for

every purpose.

The new Sony CRO-60 cassette
tape becomes a member of a
highly advanced line of tapes
for every recording requirement.

In addition to standard open reel, cas-
sette, and 8-track cartridge tapes, Sony also
offers the finest in high performance tape: SLH-
180 Low-Noise High Output tape on 7" and
107" reels, plus Ultra-High Fidelity Cassettes.

These high-performance tape configura-
tions take advantage of the added performance
of today’s highly sophisticated recorders by
providing wider dynamic range, greatly im-
proved signal-to-noise ratio, extended fre-
quency response, and reduced tape hiss.

How’s your appetite?

Now if your appetite has been whetted and
you're hungry for more information or ademon-
stration of CRO-60 or any other Sony

tapes, get on down to your nearest
Sony/Superscope dealer (he’s
listed in the yellow pages) and
get an earful.

ELSISR'A suptrscore |

You never heard it so good.”
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/2 voltage ...,

Peak Current = /2 current ,,,

Peak Voltage

Watts,.. = (Voltage,..)*
Load Resistance

Voltage... = y Power X Load Resistance

When the output of the amplifier is crossing through zero
volts and we are driving a resistive load, we have 70 volts
across the output transistors and no appreciable collector
current. But when the output of the amplifier is at 56.5 volts
(peak voltage for the 8 ohm load), we will have approxi-
mately 13.5 volts (70.0 — 56.5 volts) across the power tran-
sistors. The current will then be, according to Ohm’s Law,
7.1 amps. (which is cqual to the peak current for the 8 ohm
load). Now we must examine the voltage and current condi-
tions impressed on the output transistors for each point in
the cycle of a sine wave. Using 5 volts increments, we would
generate a table that looks like the following:

We can determine the minimum number of devices of
each type that must be paralleled to handle the power re-
quirements of our output stage design. For the 2N6259, by
inspection we sec that at 25 volts output, the current into
4 ohms is 6.3 amps. (line 6 of the table). The safe operaling

Fig. 7—Photomicrograph of 2N6259 chip.

for audio use. Conservative design practice does not allow
any possibility for output devices to be overstressed, regard-
less of how long the overstress lasts.

At BGW Systems, two types of devices are used. The
BGW professional line uses large single diffused devices

Fig. 8—Showing inside view of a RCA 410.

area capability is only 4.1 amps., so 2 devices must be placed
in parallel for safe operation. Checking each line of the table
to make sure that we are within the manufacturer’s safe
operating area requirements using two transistors in parallel,
we find that we are. Continuing this exercise, we will obtain
the following results:

Device type Number Required

2N6259 2
RCA 410 3
DTS 410 4
2N5634 3

The results are striking and point out that the penalty we pay
for extra bandwidth is quite extreme. If we were to use triple
diffused devices such as the DTS410, a very popular tran-
sistor, we would require twice as many transistors as com-
pared to the single diffused example. Using these fast de-
vices, we are able to produce full power at higher fre-
quencies (above 20 kHz), but this capability is not required
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such as the 2N6259 for maximum reliability and controlled
bandwidth. Professional experience has shown that it is
sufficient to have half as much power available for the mid-
and high-range transducers as for the low frequency trans-
ducers. Our hi-fi amplifiers use the double diffused multiple
emitter site devices such as the RCA410. These amplifiers
will produce full rated power at 20 kHz. This tvpe of tran-
sistor has all the advantages of the triple diffused part, but
also has a significantly larger safe operating area.

The size of the transistor die. the actual semiconductor
chip inside the familiar TO-3 transistor case, varies with the
type of process used to diffuse the device. For example, the
2N6259 chip measures approximately 0.250 x 0.250 inches.
This is an extremely large geometry device, and a photo-
micrograph of the dies is shown below (fig. 7). The double
diffused and triple diffused devices are much smaller. The
RCA410 is approximately 0.135 x 0.135 inches, or about 30
percent as large as the 2N6259 device. This large size dif-
ference also accounts for the much larger power handling
ability between the two devices. The 2N6259 can dissipate
250 watts as opposed to 125 watts (or the RCA410. The
RCA410 chip is soldered to a copper slug which is placed on
the steel header. A compression clip with little protrusions
corresponding to each emitter is then placed on top of the
die. Spring tension clips make contact to the emitter and
base contacts, and are soldered in place. A photomicrograph

- of two assembled RCA410’s and a 410 die and clip are shown

below (fig. 9).

Fig. 9—Heat sink with large radiating area.
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- Meet the creator.

Today, the musical artist has a new
instrument at his command —the re-
cording studio. It’s an instrument that
can capture sound, manipulate and
mold it, stack it and scramble it, equal-
ize and echo it—a contemporary crea-
tive tool with possibilities confined
only by the borders of imagination.

Some might call this musical sound-
foolery, an adulteration of the pure
musical art form. But throughout his-
tory, the truly creative artist has al-
ways used whatever instruments were
available to reproduce the music he
heard in his mind. The artist is no dif-
ferent today —but the instruments he
uses are. And this has resulted in a
dynamic new range of musical experi-
ences for us all.

The creator —
a 4-channel studio
that fits on a shelf

With the needs of the contemporary
artist in mind, TEAC tape technolo-
gists set out to design a precision mu-
sical instrument that would provide
studio electronic flexibility and studio
performance accuracy—yet be com-
pact enough for home use and priced
within the bounds of reason. The re-
sult: the creator, TEAC’s amazing
Model 3340 4-Channel Simul-Sync®
Tape Deck—a recording studio that
fits on a shelf.

The 3340, backed by TEAC's exclu-
sive two-year Warranty of Confi-
dence,* is carefully crafted in the
TEAC tradition of professional qua-
lity. 10%" studio reels; a quick and
gentle three-motor transport; four
studio-calibrated VU meters; eight
input controls for complete mic/line
mixing; dual bias selection; 7% and
15 ips studio-accurate speeds. And
Simul-Synec.

Simul-Sync:
what it does and
how it works

Simul-Sync Recording
SOURCE 10 track 1

to track 2
L SYne S SYNC
SELECTOR SwiTch SELECTOR SWITCH .)

monilor output
from track 1

L

0 i
ORMAL - SMUL-SYNC NORMAL  SIMUL-SYNC
I/ —y

2]

I —

4 4

REG HEAD B HEAD REC HEAD P8 HEAD

Overdubbing has become a famil-
iar term to every knowledgeable musi-
cian. Simply, it means a) recording a
voice or instrument on one track of a
multi-track tape machine, b) adding
another voice or instrument to a dif-
ferent track at a different time, and
c) matching the two tracks so it sounds
as if they were recorded simultane-
ously when played back. To overdub
properly, the artist recording on the
second track has to listen to the ma-
terial recorded on the first track while
performing in perfect synchronization
to it.

That’s where the problem occurs
with most tape recorders. Conven-
tional record/playback monitoring sys-
tems only let you listen to the previ-
ously recorded material off the play-
back head. That means a time delay
between the track being recorded and
the track being monitored. A small de-
lay, to be sure, but large enough to
make perfect synchronization virtu-
ally impossible.

TEAC engineers solved the problem
with Simul-Synec. They designed a
studio-tolerance 4-channel record
head, then added electronics that al-
low each track on that head to be
switched independently to either re-
cord or playback modes. By doing so,
they completely eliminated the time
lag and permitted the artist to add
track after track—all in absolute syn-
chronization with each other.

The TEAC Simul-Sync head, opera-
ting in conjunction with a 4-channel
erase head and a hyperbolic playback
head capable of reproducing either
stereo or 4channel material, served
as the foundation for the TEAC 3340
concept. It also opened the door to a
whole new realm of musical creativity
and enjoyment.

Exploring the realm
Here are just a few of the sonic
effects possible with the TEAC 3340:
1. Unlimited overdubbing. Up to
nine individual instruments or voices
can be recorded at different times
without any track being used beyvond

Check No. 29 on Reader Service Card

second generation. Sensational sighal-
to-noise ratio is the result.

2. Professional quality mixdown.
All four channels to a single track or
Ya-track stereo masters. The optional
TEAC AX-20 Mixdown Panel makes
it a quick and easy process. Individual
controls also allow for desired mixing
level for each channel.

of psycho-acoustic phenomenon where
the creative juices can really start
flowing. Things like echo, cross echo,
4-channel rotating echo and pan pot
effects (with AX-20 Mixdown Panels).
You can put echo on some instruments
and not on others. One-man group
arrangements, with a single artist
playing all instruments and singing
all vocal parts. Backwards recording,
an effect that gives any instrument a
totally new sound. Dual speed record-
ing, mixed down in perfect sync. With
all these effects at his disposal, the
professional musician can quickly
save the cost of a 3340 in reduced
studio experimental time alone.

4. Pseudo-quad recording through
ambient delay to the rear channels.
And, of course, full discrete 4-channel
record and playback.

5. Are you creatively curious? If so
drop TEAC a line, and ask for the
“Meet the creator” booklet. It describes
all of the 3340 effects in detail and
explains how each is done. And it’s
free.

If creative involvement is what
you’re after, meet the creator—the
TEAC 3340 4-Channel Simul-Sync
Tape Deck. (or the 7" reel, 332 — T2 ips
version, the 2340).

When it comes to creative record-
ing, they perform miracles.

*TEAC or one of its authorized service stations will make
all necessary repairs to any TEAC tape deck resulting
from defects in workmanship or material for two full
years from the date of purchase, free of charge to the
original purchaser.

The TEAC 2340 and 3340 are priced at $759.50 and
$849.50. respectively. For complete information, please
write to TEAC, 7733 Telegraph Road, Montebello, Cali-
fornia 90640. In Canada: White Electronic Development
Corp., Ltd., Toronto. TEAC Corporation, 1-8-1 Nishi-shin-
Jjuku-ku, Shinjuku, Tokyo, Japan. TEAC EUROPE N.V,,
Kabelweg 45-17, Amsterdam -~ W.2, Holland. Hi-Fi, S.A.
Alta Fidelidad Hidalgo 1679, Guadalajara, Jal., Mexico.

TEAC

The sound of a new generation



Fig. 10—Forced air sink used with high power amplifiers.

The material chosen for the transistor package or case has
been shown to affect the life of the transistor. It has recently
been demonstrated that steel packages will outlast aluminum
by many years under repeated thermal cycling. In these tests
the transistors are thermally cycled from 40 degrees centi-
grade to 130 degrees centigrade with 16 watts of dissipation
until failure occurs. The results indicate that the aluminum
package will fail after less than 5,000 cycles, while the steel
package typically is good for more than 100,000 cycles.

Heat Dissipation

A major problem that confronts all manufacturers of solid-
state audio amplifier equipment is how to dissipate the heat
produced by the output transistors. The term used to measure
the ability of a radiator to dissipate heat is called “thermal
resistance.” There are three components of thermal resistance
in any output state: There is the resistance from the junction
to the transistor case, the resistance from the case to its heat

TABLE 1
Transistor
Collector-Emitter X
voltage Safe npelo'atmg :{area current v::(lues at
Output current (Vee 70° C case temperature
Output
Line voltage 4 ohms 8 ohms 70-Vout) 2N6259 RCA410 DTS410 2N5634
I 0 volts 0 amps 0 amps 70 volts 2.5A 1.4 1.0 9
2 S 1.3 63 65 2.8 1.5 1.2 1.1
3 10 2.5 1.3 60 3.0 1.7 1.5 1.4
4 15 38 1.9 S5 34 1.7 1.7 1.8
S 20 5.0 2.5 50 3.6 1.9 20 23
6 25 6.3 3.1 45 4.1 2.1 22 24
7 30 7.5 3.8 40 4.5 2.5 2.4 2.6
8 35 8.7 44 35 5.3 29 2.6 3.1
9 40 10.0 5.0 30 6.0 33 34 3.8
10 45 11.2 5.6 25 7.5 3.8 35 4.5
11 50 - 6.3 20 9.0 4.5 3.5 5.6
12 S5 —~ 6.9 15 11.2 5.3 35 7.5
*From manufacturer’s data sheets.
TABLE 11
Maximum Safe operating  Safe operating
continuous area area
collector Breakdown Gain
Process Manufacturer Type current voltage 50 volts 75 volts Band-width
Single diffused RCA IN6259 16 amps. 160 volts 5 amps. 3.2 amps. 0.6 Mhz
Triple diffused Delco DTS410 3.5 amps. 200 volts 2 amps. 0.9 amps. 4.0 Mhz
Epi base Motorola 2N5634 10 amps. 140 volts 3 amps. I.I amps. 1-3 Mhz
Multiple emitter
double diffused RCA RCA410 9 amps. 200 volts 2.5 amps. 1.75 amps. 4.0Mhz

44

AUDIO - FEBRUARY 1873



Bill Wertz, VP of WQLR, checks the chronometer, as Dennis Weidler is poised to put the station on the air. Pat Dyszkiewicz and Eric Toll watch.

Stanton. Brings on the new.

A new Station, and a new sound hits the air in Kalamazoo, Michigan. WQLR STEREO
starts serving the market in June, 1972 with all new equipment and new programming.

Every cartridge on every tonearm at WQLR is a Stanton. Vice President, Bill Wertz
states, “We chose Stanton because we were starting fresh and we needed to impress the
community with the quality of our sound from the very first on-the-air minute. Nat-
urally, the well-documented reliability of Stanton’s 500 series cartridges helped influ-

ence our choice.”

Radio stations all over the nation
specify Stanton.

For on-the-air use, Stanton 500 series cartridges
have the ability to withstand rugged handling

without any lessening of audio quality. They meet
all standards for reliability and sound quality,

Artie Al:ro makes the 'WOR-FM
scund, while Eric Small Sebastian
S-one and Promotion Ditector, Kim
Clian lock over a new album.

Engineer Brian Morgan of WDRC
AM/FM, gets -eady for on-air playback.

L 1 .w ven
el S > -
:‘M both in on-air playback usage, and in the produc-

tion of transfers. These characteristics, which as-

sure high quality sound with minimum
maintenance, make them ideally suited
not only for professional use, but for
home stereo systems as well.

Scott Muni, WNEW-FM, cues in on a
new release.
You can enjoy the professional audio quality
of Stanton Products whether your purpose
involves broadcasting or home entertainment.

Write today for further information to Stanton
Magnetics Inc., Terminal Drive, Plainview,
New York 11803.

All Stanton cartridges are designed for use with all two and four-channel matrix derived compatible systems.

Check No. 20 on Reader Service Card



sink, and finally, the thermal resistance from the heat sink
to the air. Thermal resistance numbers are expressed in terms
of degrees centigrade per watt. Calculating the temperature
at any transistor junction only requires that we add the three
thermal resistance coefficients of the three components men-
tioned above, and then multiply by the power dissipated
(expressed in watts).

Of the three components of thermal resistance mentioned,
it is only the thermal resistance from the heat sink to the air
(or ambient) that can most easily be lowered. An amplifier
capable of delivering several hundred watts requires consider-
able heat sinking for safe, conservative operation. Each of
two heat sinks used in the BGW Model 500 has over 560
squarc inches of heat radiating area (Fig. 9).

In industrial amplifier design, forced air cooling is more
practicable. A forced air quadrant heat sink (Fig. 10) is used
in the BGW Model 4X250 which delivers 1,000 watts of out-
put power.

“Second Breakdown and Safe-Area Ratings of Power Transistors,” by
C. R. Turner; Reprinted from EEFE Magazine, July 1967, Volume 1S,
Number 7,

“Thermal-Cycling Rating System for Silicon Power Transistors by W. D.
Williams; RCA App. Note AN4783.

“Evaluation of Hermeticity of Aluminum TO-3 Packages under Thermal-
Cycling Conditions,” by D. Baugher, RCA Reliability Report St-6071.
“High-Speed, High Voltage, High Current, Power Transistors,” RCA Tech.
series, PM-81.
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At Pilot, our best four-channel recerver
is our best stereo receiver.

It takes a lot more than adding two plus two to
produce an outstanding four-channel receiver.
Technological change must be antici-

pated, as well as the needs —present and
future —of those who will use the equipment.

Unfortunately, not all companies
recognize this.

Fortunately, Pilot does.

We knew from the beginning that many
of you would not be able to make the switch
to four-channel all at once. That’s why the
Pilot 366 four-channel receiver (30/30/30/30
Watts RMS into 8 ohms) incorporates an
ingenious “double power” circuit that permits
you rlght off to enjoy the full power of this
receiver in stereo (60/60 Watts RMS into
8 ohms).

Not only does the 366 provide advanced
SQ circuitry, but it can also reproduce any
other matrix system currently in use. Plus it
will extract hidden ambience information
from conventional stereo material.

SEHHI

Naturally, the 366 is fully adaptable to
any discrete system.

We didn’t stop there, however, in
considering the manifold uses of this receiver.
An ultra-sensitive FM tuner section (1.8uV,
[HF) has a special detector output to
accommodate proposed FM four-channel
tranismissions.

Finally, we saw to it that setting up in
four-channel would be a simple operation.
The 366 provides a special balancing signal,
we call it Pilotone® which makes channel
balancing a v1rtually foolproof procedure.

No matter how you use it, the very things
that make the Pilot 366 our best four-channel
receiver also make it our best stereo receiver.

And yours too.

For complete information and the name
of your nearest Pilot dealer write: Pilot,
66 Field Point Road, Greenwich, Conn. 06830.

The Pilot 366 Four-Channel Receiver $499.90

*Manufacturer's suggested retail price
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Output Level or Sensitivity

Microphone output level or sensitivity is a way of express-
ing the microphone’s “output” when 1, loaded in a specific
manner (Ri) and 2, driven with sound of a specific “loud-
ness.”” Output level is usually given at a single frequency.
Two commonly used frequencies are 1000 Hz and 250 Hz
The 1000-Hz measurement is used for speech-frequency,
communication-type microphones, and the 250-Hz measure-
ment is used for the wide-range microphones more likely
to be employed by the serious amateur and professional.

Sensitivity often is expressed as “-60 dB.” This figure is
absolutely meaningless. It could refer to several valid,
though different, rating methods now currently used by the
American audio industry. If the actual voltage delivered to
the amplifier input is desired, some or all, depending upon
which rating method is employed, of the following additional
information is required to give the “-60 dB” meaning: I,
the sound pressure level driving the microphone, 2, the
internal impedance of the microphone (R¢), and 3, the load
on the microphone (R:). The two most used sensitivity
specifications are discussed below.

Open-Circuit Voltage Rating

This rating is most frequently applied to high-impedance
microphones, but may be applied to microphones having any
source-impedance value. The open-circuit method states
explicitly the load (Rw) as open circuit. In practice, measure-
ments may be made as long as R. is about 20 times that of
Rq. The error would be limited to about 0.1 dB. A micro-
phone rated according to the open-circuit method would
read, stated completely:

Sensitivity = ~60 dB re/| volt/microbar.

The “re™ (referred to) is the key to our question of what
voltage drives the amplifier, and is part of the sensitivity
statement because the rating is expressed in dB. Decibels,
like per cent, are a relarive measurement. If we want an
absolute answer from the dB sensitivity rating, we must
answer the question “relative to what?” As an example, we
could say that board “A” is three times the length of board
“B.” That's relative. If we want to know exactly how long
board “B” is, however, we must know the length of “A.” 1f
“A” is three feet, then “B” is, absolutely, 9 feet. Returning 1o
the npen-circuit microphone voltage rating, the only dif-
ference is that the reference is “l volt,” rather than “3 feet.”

So now we have a reference for the dB expression of mi-
crophone output. But what about the final piece of addi-
tional information, the sound pressure level at the micro-
phone? This final information is also contained in statement
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A MICROPHONE PRIMER.
CONCLUSION

Jim Long

I, as “l microbar,” the amount of sound pressure which
results when | dyne of force is applied to an area of 1 c¢m’.
To make us feel at home, one microbar of sound pressure is
that put out by a typical symphony orchestra playing mezzo
forte.

Sometimes, the “1 microbar” will be given as 74 dB. This
is simply because someone thought it more convenient to
speak of sound pressure in terms of dB instead of microbars.
Of course, you must have a reference, and this reference
has been set up as 0.0002 microbars, the “threshold of hear-
ing,” the “smallest” sound we can hear. There is nothing
sacred about this threshold of hearing; it is simply an
empirical figure based on the reactions of a large group of
people. Sound pressure given is decibels re .0002 microbars
is generally called sound pressure level (SPL).

At any rate, the microphone rated at -60 dB re | volt
per microbar will deliver into an open circuit, with a | micro-
bar sound pressure input (or 74 dB SPL), a voltage that is
60 dB below 1 volt. Table II shows the relationship between
decibels and volis (to save a lot of slide rule work) and shows

DECIBELS re
YOLTS | 1 VOLT/MICROBAR

0.01000:

QECIBELS re
1 Me/10
MICROBARS

0.00500 '
MILLIWATTS

20~ 1.000;000x10°5
-25

100,000x10°8

10,000xt0"8

1,000x10°8

" Example

@
2
o
=
=
w
&
=
o
2
£
-
3
o
2
a
2
&
a
=1

MAXTMUM POWER RATING

= T00x10-8

MWICROPHORE IMPEDANCE IN OHMS

10x10-8

1x10-8

Table 1l —Microphone sensitivity nomograph for converting
open-circuit voltage sensitivity ratings to maximum power
ratings and vice-versa.
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(Send in the Coupon for a List of Dolby Cassette Releases.)

A Turntable for Cassettes

The Advent Model 202 cassette playback deck is
the first full equivalent in tape equipment of a
precision turntable for records.

Designed forhighest-quality playback of recorded
cassettes, the Advent 202 employs the Dolby
System of noise reduction. It also provides proper
playback equalization for both iron-oxide and
chromium-dioxide cassettes — including a soon-
to-be-issued series of premium-quality cassette
recordings on Crolyn from Advent.

The 202 is an ideal machine for anyone more
interested in listening to cassettes than in record-
ing his own. It is also a perfect source deck for any
cassette dubbing application, including the grow-
ing number of professional uses.

With the number of Dolby cassette releases
increasing rapidly (there are more than 400 now,
and the majority of new releases employ the proc-
ess), the time is ripe for a cassette player designed
to realize the full potential of pre-recorded cas-
settes. It is clearly possible now to make cassette
releases that equal (and in some ways surpass)
the sound quality of the best records. The 202 will
yield everything any pre-recorded cassette can
offer.

The transport mechanism of the 202, very low in
wow and flutter, is designed to stand up to heavy
everyday use. It has a precise tape counter for easy
location of recorded selections. Its controls are
simple and positive in action. And its overall oper-
ation day after day is easier than that of most

record-playing equipment. Included with each 202
is a head-cleaning cassette that helps make normal
maintenance quick and simple.

For schools, libraries, and other institutional
users, a special version, the 202 HP, comes
equipped with a headphone amplifier and jack.
The 202 HP and a set of headphones provide about
the lowest-cost high-performance sound system
imaginable, one that will probably become a starter
system or dorm system for some people with tight
budgets and high aims.

Using the coupon below will bring you full infor-
mation on the 202 and a list of dealers where you
can hear it. We also have compiled a complete and
up-to-date listing of cassette releases employing
the Dolby System that we will be happy to send
you.

We hope you will test our feeling that the time
has come for a high-performance cassette player.

Thank you.

EN DN DUN SEm BN BEN PUN PUN DUN DUn UUR UN ON OR BUR R m B BE TSR D
Send to: Advent Corporation, 195 Albany Street,
Cambridge, Massachusetts 02139

Please send information on the Advent 202 and a
complete list of present cassette releases employing the
Dolby System.

Name__

Address

City State Zip

Advent Corporation, 195 Albany Street, Cambridge, Massachusetts 02139.

Dolby is a trademark of Dolby Laboratories, Inc.

Crolyn is a trademark of DuPont.




60 dB below | volt. Table II shows the relationship between
decibels and volts (to save a lot of slide rule work) and shows

60 dB below a volt to be 0.001 V or | mV. The value of

microphone impedance, R is generally not important in
open-circuit measuremtnts. because Rc is so much larger than
Rq that a negligible amount of the voltage Ec is lost across
the internal impedance.
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Fig. 27 —The mechanism of input overload.
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Fig. 28 —Phase-reversing box for parallel testing of micro-
phones.

Maximum Power Rating

This method employs an R. equal to the microphone’s
own internal impedance, Re Thus we need to know, in
this method. the vulue of Re Note that the rating is given in
power delivered to the load (Rc) and not in voliuge. as in the
rating method described above. A microphone rated accord-
ing to the maximum power rating would read, stated com-
pletely:

Sensitivity = 60 dB re | mW/10 microbars.

The new output reference is | mW, rather than | volt.
The sound pressure if /0 microbars (94 dB), 20 dB above
the I-microbar reference described previously. Thus, the
microphone will deliver into a load equal to its own im-
pedance, and with a 10 microbar sound-pressure-level input,
a power that is 60 dB below | mW. Table II shows the relu-
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tionship between decibels and mW’s (1o save, again, a lot
of slide rule work) and shows an output of 100 X 10-
milliwatts or 10-° watts.

Of course, our original question was the voliage delivered
to an amplifier, not power! If R and Re are, for instance,
150 ohms, the microphone will deliver to the load the follow-
ing voltage:

P. = EL
R
EL = Ri X Pr, where PL=
where PL= | X 10-° watts (the power
delivered to the load), and
R. = 150 ohms.
Therefore,
E. = 150 x 10-°,
E. = 15 % 10-5,
Er = 32 X 10-* volts =
0.318 mV.

ABORATORY CONDENSER
MICROPHONE
174" IN DIAMETER

PROFESSIONAL
CONDENSER
MICROPHONE

PROFESSIONAL
DYNAMIC
MICROPHMONE B

PROFESSIONAL
DYNAMIC
MICROPHONE A

Fig. 29—Responses to a discharging capacitor (50 S per
major division on horizontal time axis).

Other voltage values corresponding to Ri's above or below
the values of Re may be determined. For example, the ef-
fectively open-circuil termination provided by some high-
quality home tape recorders will be driven with an E£. 6 dB
above 0.32 mV, or 0.64 mV. This may be compared directly
to the [-mV output of the microphone described in the open-
circuit-rating section if 20 dB is added to compensate for the
difference in relerence sound pressure level between the two
ratings. The corrected voltage output would be 10 mV, about
24 dB “hotter” than the low-impedance microphone’s 0.64
mV output.

As another example, the 600-ohm termination provided
by some other high-quality solid-state recorders, designed to
work with “low impedance” microphones, would be driven
about 2 dB below the 0.64-mV output, or 0.5] mV. (Re/R.
= 600 = 0.25 in Table II). Allowing of course, for actual
sound pressures different from the reference 10 microbar
(94 dB), a comparison of the 0.51 mV figure to the manu-
facturer’s specification on the voltage input required to drive
the recording meters to 0 vu would determine the compati-
bility of the microphone with the recorder.

Tuble II permits conversion from the maximum-power to
the open-circuit voltage rating, or vice versa. For instance,
the maximum power rating given above of 60 dB re | mW/10
microbars corresponds to -82 dB re | V/microbar.
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TRQ-262

Hitachi has the deck for you
whether you want
8-track or cassette.

CASSETTE STEREO TAPE DECK

TRQ-2000: Built in “Dolby’ sound
reproduction system eliminates tape noise by
a cycle of sound compression and expansion.
A 4-pole hysteresis synchronous motor

and balanced flywheel reduce wow and
flutter. Special tape selector permits use of
chromium dioxide tapes. Hitachi's Auto

Stop system automatically halts the motor
and switch when the tape end is reached.
3-digit tape counter. Two VU meters.
Convenient push button and slide controls.
$229.95."

TRQ-262: A large-scale flywheel and 4-pole
hysteresis synchronous motor drastically
reduce wow and flutter. And included are
shut-off device, pause button, clearly
visible level meters for right/left channels
and level indicator along with easy push
button controls. $149.95.*

8-TRACK CARTRIDGE TAPE DECK

TPQ-144: Automatic switchover to 4-channel
or 2-channel operation according to the
type of cartridge you insert. Unique easy
loading system. The motor is an elaborate
4-nole hysteresis synchronous outer rotor
design usually found only in the most costly
hi-fi equipment. Integrated circuits assure
improved frequency characteristics and

too reliability. $129.95.*

TRQ-134: Hitachi’s Auto Stop system
automatically halits the motor when the tape
end is reached. Two VU meters are provided
for accurate level adjustment. Easy loading
mechanism. Fast forward winding possible.
Auxiliary features include headphone jack,
program indicator famp, slide volume
ccntrols, program selector button and a
pause button. $149.95.*

No matter what you want in 8-track or
cassette . . . Hitachi has the deck for you.
For more information, write, Dept. A-3,
Hitachi Sales Corp. of America,

48-50 34th St., Long Island City, N.Y. 11101

Quality always comes first at

HITACHI

*Suggested retail.
TRQ-134

Zoigvegrend

TRQ-2000

Check No. 23 on Reader Service Card
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TANDBERG TR 1020

MANUFACTURER'S SPECIFICATIONS

FM Section:

IHF Sensitivity: 2.0 uV or better. S/N Mono: 68 dB;
Stereo: 66 dB. THD, Mono: 0.3%; Stereo: 0.4%. IF Re-
jection: 100 dB. Image Rejection: 70 dB. Selectivit:
{Carrier down): 68 dB. Spurious response: 100 dB. Cap-
ture Ratio: 1.8 dB. Muting Threshold: 10 uV. Stereo
Separation: 35 dB at 1 kHz. 38 kHz suppression: 50 dB.
SCA Suppression: 74 dB.

AM Section:

IHF Sensitivity: 50 uV (external antenna). Selectivity: 42
dB. IF Rejection: 40 dB. Image Rejection: 40 dB. THD
{30% Modulation): 0.5%.

Amplifier Section:

Power Output: 40 watts per channel, 8-ohms; 52 watts per
channel 4-ohms, continuous power, both channels driven, 1
kHz input. 38 watts per channel, continuous power, 8 ohm
loads, both channels driven, at any frequency from 20 Hz to
20,000 Hz. Power Bandwidth: 7Hz to 30,000 Hz. THD:
0.2% at rated output. IM Distortion: 0.2% at rated output.
Damping Factor: 48 (at 8 ohms, 1 kHz). Frequency Re-
sponse: 12 Hz to 70,000 Hz, -1.5 dB. Input Sensitivity;
Phono: 2-8 mV, adjustable; Tape 1, Tape 2: 130-250 mV.
adjustable. S/N, Phono: 68 dB referred to 4 mV input
signal:Tape 1, 2 82 dB referred to 260 mV input signal.
Preamplifier output: 900 mV. Recording output: 800 mV
800 mV

Dimensions: 17" w. x 4% h. x 12%"" d. (including knobs)
Weight: 20 Ibs. Retail Price: $429.90.

Remember when the people from Tandberg startled the
audio industry by proving that a reel-to-reel tape recorder
could deliver full frequency response and true high fidelity
at a speed of 3% inches-per-second? No tricks were involved,
just careful engineering, precision assembly and good quality
control that set the standard for other manufacturers of tape
products to follow for years afterward. Well, to quote from a
recent Tandberg advertisement, “. . . the guys who brought
you the world’s best tape recorders™ now bring you an out-
standingly designed receiver—their first entry in the purely
electronic component category of components.
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The Tandberg TR-1020 is not really that much smaller,
trimmer and lower-profiled than competitive products in the
same power output range—it just looks that way, thanks to an
outstanding job ol styling and human engineering done by
Tandberg’s engineers. With power off, the front panel looks
like three floating strips of anodized aluminum. Nomen-
clature is clearly printed in black and—wonder of wonders
it's large enough to read without squinting. The upper portion
of the panel, blacked out until power is applied, contains
a well illuminated FM and AM dial scale whose illuminated
red pointer segment is illuminated only when FM or AM
operation is selected. To the right are two meters, a signal
strength meter operative in both AM and FM service and a
center-of-channel meter for FM tuning. The tuning knob is
located at the extreme upper right and is coupled effectively
to a heavy flywheel. Major operating controls are all neatly
arranged in a single row below the dial area and include ten
push-push buttons for such functions as on/off, FM muting,
AFC, FM, AM. PHONO, Tape 1, Tape 2 and Tape Monitor.
Rotary controls include a master volume control, balance
control, dual concentric clutch operated bass and treble con-
trols and a speaker sclector switch with positions for main,
remote and main plus remote operation of speakers as well
as an off position for headphone listening. The left end of
this row contains the usual stereo headphone jack while, at
the extreme right there is a phone jack labelled “Tape 37
about which we shall have more to say presently.

Fig 1—View of rear panel

It'you didn’t read the instruction booklet. you'd think that
the controls just named would be all that are available, until
you pull down on the lower aluminum bar which is actually
a hinged door that discloses eight more pushbutions. These
offer Stereo, Mono Left, Mono Right. Loudness, Low Filter.
High Filter (two kinds) and Preamp record. All but the last
are self-explanatory and make for a most flexible control
center, but that last button fills a very real need that many
of us have been aware of for some time. When that button
is depressed, all the control facilities such as tone controls.
filters, loudness and the like are inserted ahead of the tlape
3 output jack referred to earlier. Thus, the serious recordist
can brighten, filter. boost or otherwise rebalance an old re-
cording that he or she is trying to transcribe onto tape. What
a simple but clever idea!

The real panel, shown in Fig. 1, contains eight screw-termi-
nals for making speaker connections for two pairs of stereo
systems. Each pair of terminals also has. located between
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Tandberg TR-1020
Phase Linear 400

- Acoustic Research AR-7

Pioneer

Fig 2—Inside view

them, a polarized receptacle for “plugging in” speakers with-
out having to re-wrap wire leads every time speakers are dis-
connected. The mode! we tested did not come equipped with
the appropriate plugs, however. so we could not try out this
feature and had to resort to conventional wire-wrapping of
speaker leads. At the extreme left of the panel are a pair of
preamplifier-main amplifier jumpers which can be removed if
you want to use the preamplifier and power amplifier sec-
tions separately. Phono inputs as well as inputs and outputs
for Tape | and Tape 2 are located along the lower edge of
the rear panel, as are a switched and unswitched convenience
ac receptacle and receptacles for antenna connection. Two
plugs were provided for this latter receptacle, each coded
differently so that the FM antenna cannot be inadvertantly
connected to the am receptacle holes and vice versa. The
plugs do not involve soldering, and only a small screwdriver
is needed to connect the transmission line from either an FM
or external AM antenna to the appropriate plug. There is
also u receptacle which will accept a 75-ohm coaxial cuble
connector. A thumbscrew terminal for system ground com-
pletes the back layout.

Three more controls are located on the bottom of the re-
ceiver. These are input sensitivity controls for phono, tape
1 and tape 2 inputs, enabling you to balance levels when
switching from one program source to another or from self
contained AM and FM to one of the external program
sources. This refinement is hardly ever found on all-in-one
receivers and it, like so many of the other features found in
the TR-1020, is most welcome.

Figure 2 shows the inside of the chassis. with the included
walnut cabinetry removed. The “cabinet”, by the way, is one
of the cleverest enclosures we’ve seen yet. It really consists of
two side wood panels and an interlocking top’ panel. To
service the instrument, only four side screws need be removed
and all panels slide apart, yet, when fully assembled, the en-
closure looks and feels like a beautifully crafted piece of
furniture. Internal layout of the TR-1020 is superb, for while
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Fig 3—FM performance

an enormous amount ot electronics has been crammed into a
relatively small cubic volume, circuit boards are arranged so
that almost every parl is accessible without having to dis-
assemble the entire receiver. Circuit features include an FET
mixer in the AM section, dual-gate MOS-FET’s used for both
RF and mixer stages in the FM front end which is elec-
tronically tuned (there is no variable capacitor—only varactor
diodes), multi-pole FM-IF filters and a well designed stereo
multiplex circuit with positive, automatic switching from
mono to stereo. The power amplifier section employs a true
complementary symmetry circuit and utilizes two separate
power supplies—one for each amplifier channel for minimum
interaction between channels.
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Fig 4—Separation, stereo and mono distortion.

Electrical Measurements

One of the characteristics that sets apart a really excep-
tional FM tuner section from the run-of-the mill variety is
the steepness with which it begins to reject background noise
as signal strength is increased. The Tandberg TR-1020 is
unexcelled in this respect, as can be seen in the curves of
Fig. 4. With only 3 microvolts applied. S/N already reached
a very usable figure of 51 dB. At 10 microvolts, S/N was
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over 65 dB—and, more important, the figure was the same
for mono and sterco. Ultimate THD in mono reached a low
of 0.2%. as cluimed and. again. that low distortion was
reached with barely more than 10 microvolts of signal
applied. Ultimate S/N ratio reached 70 dB in mono operation
(higher than claimed) and 67 dB in stereo. Aside from these
impressive numbers, that means that relative to 100% modu-
lation both the residual 19 kHz pilot and the residual 38
kHz component are at least “down” 67 dB or more, other-
wise they would have contributed to our reading.

Mono and stereo THD were plotted for all usable audio
frequencies in Fig. 4. Mono THD remains at about 0.2% for
all frequencies between 100 Hz and 5 kHz, reaching maxi-
mums of 0.4% and 0.6% at frequencies of 50 Hz and 15 kHz
respectively. Stereo THD is cqually impressive at 0.6%.
though this reading came out a bit higher than claimed by
Tandberg. The rising THD at higher frequencies in stereo
1s caused by “beats” rather than by actual harmonic distortion
and should therefore not be regarded as a serious or audible
problem. We have been including this data in recent reports
primarily to show how various manufacturers fare in this
regard. A 2% “beat”, as read at 10 kHz. is actually a very low
order of this phenomenon—about the lowest we have read for
any receiver tested in this way,

Stereo separation met published claims, with separation
decreasing from its mid-band value of 36 dB 10 33 dB at
50 Hz and 25 dB at 10 kHz

If you re-read the manufacturer’s published specifications
with regard to amplifier output power you will note that
Tundberg is about as thorough and conservative in its power
statements as anyone could be. It all manufacturers stated
this many facts about their power output capability in a given
product the confusion which prevails would soon disappear.
As a matter of fact, however, the TR-1020 does considerably
better than is claimed for it. For example, we measured 0.2%
THD with 45 watts per channel output driving 8-ohm loads
simultaneously in both channels—this against the 40 watts
per channel claimed. If you preter to rate the THD for maxi-
mum power output at 0.5%, then the amplifiers will each
produce 50 watts per channel under the same load and driv-
ing conditions. At all power levels below 30 watts per chan-
nel, we found that we were reading the residual THD of our
own signal source, which we know to be about 0.04%. There
was absolutely no cvidence of rising THD at low power
levels—usually associated with cross-over distortion in class
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Fig 5—THD and IM characteristics.

“B” circuits. IM distortion, shown in Fig. 5 along with the
few THD measurements that we could significantly portray,
was also well below our test equipment “hmits” and reached
its rated 0.2% at 45 watts of output per channel. as opposed
to the 40 watts claimed by Tandberg.

A plot of Irequency versus THD at power levels of | watt,
20 watts (half rated power) and 40 watts is shown in Fig. 6.
Again, for all but the very lowest frequencies we were limited
by our test equipment, indicating that at trequencies above
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70 Hz or so, THD at all power levels tested was below
0.04%' Even at 20 Hz, we were able to obtain 40 wults per
channel from both channels driven simulttancously at a THD
of 0.5%. Power bandwidth, shown in Fig. 7, extended from
5 Hz to 50 kHz, a good deal wider than claimed. The curve
is referenced to 40 watts output at 0.5% THD. If one backs
off on the THD to Tandberg's 0.2% reference, power band-
width still extends tfrom 7 Hz to 35 kHz, a bit better than
claimed.
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Fig. 8—Tone control and filter curves

Figure 8 graphically shows the tone control action and
filter response of the TR-1020. The low frequency filter has
@ slope of 12 dB per octave, making it highly effective in
reducing rumble. The two high-frequency filters may be used
singly or together, to produce the roll-off characteristics
shown in the curves.

Listening Tests

I am convinced that part of the joy of operating a well
designed receiver is in the use of its control and switching
features. It’s often hard to separate actual sonic performance
from front panel flexibility. The Tandberg TR-1020 excels in
both areas. While we normally read operating manuals
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The Big New Sound in €assettes

AKA! gives you tha mcst ps-fect cassete re-
cord ng in “he world -oday?

That's a mighty bic claim Bu: we cen prove it.

Our GXC-65D Sterzo Cassetts Recarder is in-
novatively =ngineered with ADRX* Tk exc usive
system eliminates almost all high freqaency cistor-
tion above 8,000Hz.

But we didn’t sto> there.

We combined ADRS w th Zolby. Ard then added
AKAI's exc Lsive GX tglass enc crystal fe-rite) head.

lilus:rated selow ar= the aciuel outout curvas of
a 13,000-z signal from a Dolby eguipoed cassette
deck without ADRS, and a comparakle curve from
the nes AKAI GXC-65D.

Without ADRS With -ADRS
The clear, undistcr-ed signel is a pleasure ta oe-
hold. Amd a greater pleascre to hear.

Whezt € more, the GXC-65D is equippad with AKAl's
Invert-C-Matic —automrat cally reverses the cessette
inside ¥e reccrder for cantiruous r2seat/revesse.
And the nvert-O-Matic mechanism is urcondit:.cnally
guarantaed for two years—parts and labor.

So vou can stop s tting arourd weiting for per-
fect cassette recording. Listen to the GXC-650. Your
ears will make up your mind for you.

*Automacic Jistortior Reduction 3ystam

AKAI America, Lté./Fost Difice Bo« S£055,
Llos Anceles, Californic 90CSS.

For your nearest AKAI dzaler cal. 80C-243-6000 Toll Free.

In CGennecticut, 1-800-882-6500.

Check No. 24 on Reader Service Card




carefully when evaluating a new piece of equipemnt, we must
confess that one marvelous leature of this receiver escaped
us until we started to listen to the unit. In the course of
moving the speaker selector switch to its A+B position (we
were trying out twin pairs of speakers to judge power ade-
quacy), we inadvertantly pulled on the speaker-switch knob.
Suddenly. the “signal strength™ meter began to move in
correspondence to the audio program we were listening to.
Sure enough, it's supposed to! When this switch is pulled
outward, that meter becomes a power output meter, offering
precise readings which can be correlated with actual power
reaching your speakers. A calibration chart is provided in
the instruction manual for 4, 8 or 16 ohm loads and the
meter, which is peak reading, reads the highest power sup-
plied by either channel at any given instant.

In the course of listening to FM. we found the muting
cuircuit to be highly effective and “pop™ free. If we may
make a suggestion. however. it is our feeling that 10 micro-
volts is too high a setting lor the mute threshold—5 micro-
volts would cnable us to reccive more perfectly noise-iree
stations and sull take advantage of interstation tuning silence,
thanks to the remarkable quieting capability and limiting
characteristics of the tuner section of this receiver. Of course,
this is a relatively minor point, since the muting circuitry
can be disabled altogether it desired. With muting off, we
picked up no fewer than 52 listenable signals. of which 24
were received in stereo. Normally, with this many stations
received in our area we should have picked up more stereo
signals. however noisily. The TR-1020. however, has its
stereo switching threshold set at 10 microvolts as well. so
that some of the stations we heard were really broadcasting
in stereo, but at signal strength which we received they would
huve been 100 noisy for satisfuctory stereo enjoyment. In this

case we are in perfect agreement with Tandberg’s settings of
this circuit.

Amplifier sound is superb at every listening level, but we
were particularly impressed at how transparent and clean the
sound seemed to be at very low, background listening levels.
This, by the way, is a good way to test overall amplifier
performance since it often shows up [laws that would be
masked at higher listening levels. In this case there were no
such flaws. Because there is plenty of power to spare—even
with our low-elliciency speuker systems, we were able to
turn up phono level for really big sound and in doing so
we fully appreciated the more than 65 dB of dynamic range
made possible by the TR-1020's low, low noise and hum
level which was still all but inaudible at the loud levels at
which we set the controls.

We did some experimenting with the “preamp controlled™
Tape 3 output described earlier. We purposely played one
of our 1954 vintage™ operatic LP records which, while still
remarkably free of surface noise (iU's a performance of
Boheme that we don’t particularly care lor artistically and
so it hasn’t been played to death), was notably lacking in
high frequency response. By juggling the treble controls and
the high frequency filter, we were able to produce a lape
recording ot this relic that actually sounds better than the
disc in terms of overall balance. Let's see you try rhar with-
out having a studio console replete with professional equal-
izers, filters and a host of other signal processing devices!

I the Tandberg TR-1020 sold tor around $600.00 we'd say
it was competitive with other receivers in that price class and
still has a few features going for it that other $600 units
omit. At under $430.00. it’s a bargain. The “guys from Tand-
berg™ have, indeed, done it again! Len Feldman

MANUFACTURER’S SPECIFICATIONS

Power: Greater than 200 watts/channel rms, both channels
driven. Power at clipping: Typically 250 watts/channel rms
into 8 ohms, 400 watts/channel rms into 4 ohms, 125
watts/channel into' 16 ohms. Frequency response: 0O to
0.25 mHz at 1 volt. Harmonic or IM distortion: Less than
.25%. Typically less than .05%. Damping ratio: Greater
than 1000:1 at 20 Hz. Rise time: Less than 1.7 micro-
seconds. Phase Shift: Leading O degrees, lagging 12 de-
grees at 20 kHz. Sensitivity: 1.4 volts for 200 watts into
8 ohms. Input impedance: 39k ohms. Dimensions: 19
inches wide, 7 inches high by 10 inches deep. Will ac-
commodate a standard rack mount. Finish: Light brush gold,
baked enamel and black anodize. Price: $499.00.

PHASE LINEAR 400 AMPLIFIER

During the past year or so therc has been a definite trend
towards high power—or rather Super High Power amplifiers.
There are several explanations for this: the popularity of
rock music, the appearance of several high quality. low sen-
sitivity loudspeakers like the B & W 70 and AR LST, and
the recent availability of suitable high voltage transistors at
a rcasonable price. In June, 1971, we reviewed the Phase-
Linear 700 and the reviewer, C.G. McProud said, “The hum
and noisc figures were well below anything we have en-
countered before, better than 100 dB below the 350 watt/
channel output . . . we wouldn’t hesitate to recommend the
Phase Linear amplitier to anyone who wants and can accom-
modate its enormous power capacity.” A few months later,
Bob Carver of Phase Linear explained the thinking behind
the 700 (February, 1972). In brief, the concept is to design
for high power and then let the dc power supply operate on
a music power basis above that point. In other words. the
dc voltage is constant for short duration peuks but would
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fall with pulses ol long duration or continuous power. This
technique is open to objection for ordinary amplifiers but
defensible with very high power amplitiers having a large
overload margin. If the voltage was stabilized within 2% on
the 700 the cost would probably be more than double—not
to mention cooling problems and the increased weight!

Bob Carver points out that all power supplies work by
storing energy in the filter capacitors which in turn deliver
that energy in the form of power to the load. As energy
storage ability is proportional to the square of the voltage
but only directly proportional to the capacitv. a small in-
crease in voltage results in a much higher energy storage than
a similar increase in capacity. So the use of a high voltage
supply not only gives a greater voltage output swing but it
also gives a margin for overload peaks.

So now we come to the “Son of 700—the 400 which is rated
at 200 watts per channel and costs only $499. The power
transformer is somewhat smaller than the one in the 700 and
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