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"Hashdance” is available on Stereo Beta Hi-Fi Videocassettes fram ParamountHome Vides for $39.95. © Paramount Pictures Corparation.

The NEC VC-739E with Beta Hi-Fi sound. A technological breakthrough in video recording and playback whereby the video
heads record both the audio and video information. Compared to conventional VCR's which use stationary audio heads, the VC-739E
offers 30 times greater dynamic range. In fact, the zudio specifications of the VC-739E exceed even those of a studio open-reel tape
recorder!

The NEC VC-739E is the industry's most “fully loaded” Beta Hi-Fi model, with four heads for clear special effects; 134 channel
cable ready qudrtz PLL tuner; 8-event, 14 day programmable timer; audio-only recording capability; fluorescent indicator level meters
and more ... all controllable by a full function remate.

You'll see picture quality with very same “High Video Fidelity” in every NEC model, only with different arrays of features.

The NEC VC-738E is an 83-channel; clear special effects four-head; 8-event, 14 day programmable; wireless remote control
machine.

Even NEC's most basic VCR', the 134-channel cabile ready VC-737E and 83-channel VC-734E ‘
offer picture quality and ease of operation matching any 2" machine on the market— at any price.
Think of it this way. All NEC VCR's offer “High Video Fidelity”” And now, the new VC-739E THE ONE TO WATCH.

offers “High Audio Fidelity,” too NEC Corporation, Tokyo, Japan
NEC Home Electronics (U.S.A)) Inc, 1401 Estes Avenue, Elk Grove Village, lllinois 60007, (312) 228-5900
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THE NEC VC-739E BETA HI-FI VCR.

THE VCR WITH THE PICTURE THAT
SOUNDS AS GOOD AS IT LOOKS.
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THE WORLD’S QUIETEST TAPE

[f you won't settle for anything less than pure music accept nothing

' - less than BASF Pure Chrome audio tape. Unlike ferric oxide tapes
F I : BASF Pure Chrome is made of perfectly shaped chromium dioxide
particles. And the exclusive Chrome formulation delivers the lowest

g background noise of any tape in the world, as well as outstanding
A up’o m PE sensitivity in the critical high frequency range. And *his extraordinary
/ music and none of the tape. Make the
switch today to the world’s quietest
Chrome Audio & Video Tapes

tape is designed especially for the Type II Chrome Bias position. So
make sure you're hearing all of the B B SF
tape. BASF Chrome.

Enter No. 2 on Reader Service Card



Delay.

And about time.

* Suggested List Price

MAYBE IT’S TIME TO DELAY
Studio effects like doubling, echo repeat, flanging,
phasing and pitch bending are becoming more and

more popular. Now you can create all these effects and
more, create your own sound with the Fostex Digital

The time delay range is from .13 msec to 270 msec;
continuously variable control of both depth and speed;
plus output mix control of original and delayed signals.

Add a new dimension to your sound with the 3050
Digital Delay at your Fostex Dealer. It’s just $400.00" .

FOSUEX

MULTITRACK DIVISION

Fostex Corporation of America
15431 Blackburn Avenue, Norwalk, CA 90650 (213) 921-1112
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LISTEN

TO WHAT

50 YEARS OF
EXPERIENCE
CAN SOUND
LIKE....

TANDBERG

Tandberg's world-famous audio
products, highly regarded by professional
musicians as well as discriminating
consumers for more than 50 years, now
include two of the most advanced high
fidelity components available today: the
TIA 3012 Integrated Amplifier & TPT 3001A
Programable Tuner.

These units, which were individually
given a “rave’ review by AUDIO magazine,
can be joined together with their optional
rosewood sidepanels to become “ . the
finest ‘receiver’ we have ever tested”
(HIGH FIDELITY) and “a receiver of
exceptional quality” (STEREO REVIEW)

It is a stereo receiver capable of
exceeding the demands of today’s.
and lomorrow’s most advanced digital
program material

For literature, test reports and the
name of your focal dealer, contact:
Tandberg of America, Labriola Court
Armonk, NY 10504. (914) 273-9150
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genius to fill this
house with music.

As you might expect, the curators of
Mozart's residence in Salzburg, Aus-
tria, attach considerable importance
tothe quality of music reproduction
inthe museum. Their overriding con-
cern is the faithful re-creation of
Mozart's works.

They chose JBL loudspeakers.

JBL engineers share the concerns of
the curators. JBL loudspeakers
deliver not only the notes but the spirit
of great musical performances. From
wax cylinders to the latest digital and
advanced analog recordings, JBL
loudspeakers will help you appreci-
ate musical genius.

For a demonstration, visit the audio
specialists at your nearest JBL
dealer. Orthe Mozart museum in
Salzburg.

JBL

JBL incorporated, 8500 Balboa Boulevard,
PO. Box 2200, Northridge, California 91329 U.S.A.

UBL/harman international



SIGNALS & NOISE

CD Hooray
Dear Editor:

it is hardly surprising that Messrs.
Sax and Mayorga (“The Audio Inter-
view,” Jan. 1984) find a 30-ips, half-
inch studio master analog tape slightly
better than a Compact Disc! But when,
after 30 years of trying, will analog
technology be able to provide a press-
ing containing anything close to the
exact content of those tapes, much
less a cartridge which could track such
a pressing?

The Compact Disc may not be quite
as good as a studio analog tape, but it
gives the consumer an affordable me-
dium for reproduction capable of con-
sistent superiority to anything ever be-
fore put into a groove, cassette, or reel.

So please ask the purists to stop
telling us what's wrong with the CD
and to let us enjoy what's right. When
they develop a 30-ips tape player for
under $1,000 and exact copies of their
tapes for $19.95, Il buy them. And
when they make the perfect pressing, |
may still have a turntable to play it.

Leon Vick
West Hollywood, Cal.

What’s Up, Audio?
Dear Editor:

I am concerned with the direction
Audio seems to be taking; too many
nontechnical articles are appearing. |
specifically question the need for mini
reviews of one-brand systems. Are
they appropriate for Audio? Does the
answer depend on the nature of the
readers you are trying to attract and/or
hold? | prefer to see Audio lean more
toward the serious audiophile and not
the beginner.

Memorable technical articles seem
to be a thing of the past, and | would
like to see more loudspeaker reviews
by Dick Heyser.

Finally, why has Audio gotten thinner
over the past few years?

Karl Hartman
Kingston, R. [.

Editor's Note: The technical heritage of
Audio is not being abandoned to pan-
der to the beginner, and we are not
jettisoning articles of technical merit.
The one-brand reviews are of interest
to many of our readers, and if you will
note, we do include technical data on
each system.

More reviews by Dick Heyser would
be nice, but there is a limit to how
many such in-depth tests he can do.
We have a partial solution in the works
to provide more speaker reviews. As
for being thinner, editorial pages have
remained fairly constant; only the
total number of ad pages has de-
creased.—E.P

SOTA Revisited
Dear Editor:

How refreshing to see our efforts so
nicely justified with such a detailed and
comprehensive technical report of the
SOTA Sapphire turntable (“Equipment
Profile,” June 1983). We are gratified
by a couple of measurements, some of
which hitherto modesty had not permit-
ted us to claim: The figures on speed
stability, fiutter (0.03%, DIN weighted),
rumble (—84.5 dB, weighted), and
—34 dB “breakthrough™ attenuation in
a 100-dB SPL field.

We wish to make these brief points.
One, we do believe that specifications
are meaningful, because many do cor-
relate with sound quality directly. Isola-
tion and damping, plus stability and
integrity of setup and placement, are
always factors in sound reproduction,
even If perhaps we cannot now mea-
sure all the variables. Similarly, “high
definition” and “clarity” are not magi-
cal effects, but directly reflect engi-
neering decisions open to logical, sci-
entific and public validation.

Second, a small correction: Our
"base, from which the subchassis is
suspended” has not “twice” the mass
of the subchassis and platter. The non-
moving subchassis, at 22 Ibs., has
about twice the mass of the moving
platter, at 11 Ibs. The weight of the
“base"” or cabinet, somewhat less than
the platter, is not the critical factor in
defining the SOTA's “excellent stabil-
ity' since it mass-couples to the envi-
ronment, thus providing the necessary
inertia.

Finally, a larger issue of general in-
terest. Ed Long's discussion about the
very slight resonances in the record
disc, from 880 to 1,350 Hz, supports
our findings regarding spurious energy
when using a "passive” disc clamp
(simple pressure at the spindle clamp).
There are limits to how well this ap-
proach will minimize vinyl resonances.
An “active” system, such as a vacuum

hold-down, with continuous yet adjust-

able low-level suction on the entire sur-
face of the record, provides the most
effective way now available to damp
resonances, no matter the nature or
condition of the record. A good “ac-
tive" system will always be superior to
even the best "passive” disc clamps,
where unequal pressure and bowing
are impossible to avoid. We're pleased
to have our judgment confirmed by Ed
Long's finding that the SOTA Sapphire
was superior to his reference turntable,
which uses a "semi-active’ clamp sys-
tem.

We appreciate Ed's support and sa-
lute his thoroughness. We also thank
Audio for its coverage of emerging
American companies. In the face of an
awesome media biitz for the “"new
technology on the block,” here is a
report which captures the undeniable
merits of a known system that, we feel,
is as yet unsurpassed in the reproduc-
tion of recorded music.

Robert S. Becker
President, SOTA Industries
Berkeley, Cal.

Editor's Note: Thank you for the nice
words concerning Ed Long's review,
and please accept our apologies for
our confused description of the relative
weights of the base and platter. From
my point of view, it is somewhat dis-
concerting, now that we are finally be-
ginning to find some ways to measure
“definition” and “clarity,” to find that
there is, indeed, a "new technology on
the block,” which requires develop-
ment of new analysis techniques and
new critical listening habits. "Unsur-
passed'? Well, at least in numbers of
releases, CD lags behind the LP,
which will continue to give me much
pleasure for many years.—E.P.

Addendum:
Boston MC-1vdH Cartridge

A few of the very early Boston
Acoustics MC-1vdH phono cartridges
(see “Equipment Profile,” Feb. 1984)
had their rubber dust shield loosen up
and hang down from the cartridge,
thus rubbing the record surface. You
should not attempt to stuff the rubber
sheath back into the body of the phono
cartridge. Simply return the defective
cartridge to the manufacturer for a re-
placement—B8. V. Pisha
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Z-9000X

Z-7000X

Z-3000X

SANSUI DOESN’T CLAIM TO HAVE THE
WORLD’S ONLY DISTORTION-FREE RECEIVER.
NOW WE HAVE FOUR.

Unlike most high fidelity compa-
nies, Sansui doesn’t reserve its
most advanced technology exclu-
sively for the top-of-the-line model.

That's why every model in
our new “Z" Quartz Synthesizer
Compu Receiver line (Z-9000X,
Z-7000X, Z-5000X, Z-3000X) is
distortion-free.

Sansui puts its
best Super Feedforward

Some competitive receivers
herald the fact that they eliminate
audible distortion. But only Sansui,

with its highly acclaimed and exclu-

sive Super Feedforward DC power
amplifier system, banishes every
conceivable type of audible and in-

audible distortion—THD, TIM, inter-

modulation, envelope, switching,
crossover, etc. And this unique dis-
torticn-destroying circuitry is buitt
intoevery new Sansui''Z"receiver.
The super intelligence
of microprocessor control
Similarly, all models incor-
porate a high degree of automa-
tion, thanks to microprocessor

control. One-touch Simul Switch-
ing simultaneously turns on the
power and one input—turntable,
tape deck or AM, FM broadcast.
The microprocessor also controls
the Quartz-PLL digital synthesized
tuning that presets 8FM and 8 AM
stations. The drift-fres tuning,
whether auto scan or manual, is
so precise that in corigested areas
even the weakest station sounds
as if it's just around the corner.
There’s also a programmable digi-
tal quartz timer/clock with three
daily independent memory func-
tions. You can awaken to FM; fall
asleepto cassette music; andarrive
home to hear your favorite record.

The top-of-the-line Z-9000X
makes listening even more plea-
surable with a 7-band graphic
equalizer, a built-in reverb amp,
preset volume contral, plus pre-
amps for MC and MM cartridges.

More music
control across the board

Combine all this with power

handling capability ranging from

130 to 55 watts, and you can
appreciate why no other collection
of receivers gives you so much
control over your music.

Maybe you're wondering why
Sansui doesn't give you less tech-
nology and fewer features, as
others do. It's because we never
compromise when it comes to
music. And neither should you.

Watts per channel
Minimum RMS, 20-20KHz, both
channels driven into 8 ohms, at
rated Total Harmonic Distortion.

7-9000X 130 w. .005%
Z-7000X 100 w. 005%
7-5000X 70 w. 007%
Z-3000X 55 w. .008%
Sansui

SANSUI ELECTRONICS CORPORATION
Lyndhurst, NJ 07071; Gardena, CA 90248
Sansui Electric Co., Ltd , Tokyo, Japan

Enter No. 7 on Reade- Service Card
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A clear challenge from PDMagnetics
to the readers of Audio.

Introducing the 500 CROLYN" HG Audio Cassette. Clear sound, clear shell...clearly superior.

The new 500 CROLYN® High Grade cassette will exceed even
your high standards. We engineered it for you, “he audiophile.
We want to hear from you. We challeng= you to compare it
with the likes of XL-1IS and SA-X. Hear the diffe-ence genuine
chromium dioxide tape makes versus cobalt-iron oxide imita-
tions or other “chrome equivalent” tapes. Also, ask about
1100 Metal HG and Tri-Oxide Ferro HG.

Buy a 500 CROLYN® HG cassette. Use it—test it—under
your standards. Send us your comments (plus outer wrapper
and sales receipt). We'll send you a 500 CROLYN" HG Cassette
FREE! We're betting you will agree with our resuits.*

Only the people who invented the compact cassette
(Philips, the “P" in our name), and chromium dioxide (Du Pont,
the “D" in our name), could bring you a tape this great.

Rating vs. Leading Premium Cassettes

500 CROLYN® HG
Tape Bac<ground Noise SUPERIOR
S/N, Low “requency SUPERIOR
S/N High “requency EQUAL
Dynamic Range SUPERIOR
Frequency Response EQUAL
Shell Quality EQUAL
Overall Listening Quality SUPERIOR

Specific tast resutts available on request. For free cassette
offer, technical information or the PDMagnetics dealer serv-
ing your &rea, write us at address below.

PDMagnetics

A legacy of quality from Philips and Du Pont.

500 CROLYN® "7 _

AAGNTYC TARE

PDMagnetics

*Offer expires July 30, 1984.

©1984 PDMagnetics 600 Heron Dive, Pureland Industrial Complex, Bridgeport. NJ 08014
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Odyssey Tonearm

Asymmetry is the
hallmark of the Odyssey
RP1-XG tonearm. The
three-section counterweight
and the bearings are at the
level of the stylus, not the
arm tube, for greater
stability. In the lateral
plane, the counterweight is
parallef to the cartridge
rather than to the arm tube,
and the pivot is offset from
the arm mounting post for
easy overhang adjustment.
The “headshell” is a
minimum-mass triangle,
and the arm tubes are

WALHMET

Sylvania
CD Player

The first audio product
from Syivania in several
years is the new FDC303SL
Compact Disc player. The
player features front-drawer

ODYSSEY ENGINEERING

interchangeable. The RP1-
XG will fit SME mounting
centers or in a 30-mm hole.
A choice of three arm tubes
and three counterweights
accommodates cartridges
with a wide range of
weights and compliances.
Price: $798.00.

For literature, circle No. 100

Sony AM Ster=2o0 Walkman
The SRF-A1 Walkman,
from Sony, is the first such

portable to recaive AM
stereo as well as FM.
Decoding is semi-
automatic, using a switch
with one position for the
Kahn/Hazeltine system and
another for all three others
(Harris, Magnavox and
Motorola) The radio
includes an LED center-
tune indicator, a distant/
tocal switch and, of course,
headphones. Power shuts
off when the headphones
are unplugged. to conserve
batteries. Price: $79.95.

For literature, circle No. 101

loading and 15-selection
programming, with single-
button commands for
repeat and next-track.
Price: $949.95.

For literature, circle No 102

Scollang

Monster Cable
Specker Cable

Monster Cable's
Powerline speaker cable
has been replaced by
Fowerline 2. The new cable
uses a "Time Coherent’
winding configuration,
which Monster Cable says
eliminates phase
inaccuracies ana equalizes
the sceed of low and high
frecuencies through the
catle. Price: $2.25 per foot.
For literature, circle No. 103

Wharfedale Loudspeaker
The Option 1 is a self-
powered, floor-standing
speaker system with dipole
radiation over much of its
frequency range. The
system includes a
subwoofer (rated 3 dB
down at 25 Hz), a bass
dipole system including
one rear-facing and three
forward-facing 8-inch
woofers, a rofatable
enclosure with front and
rear midrange drivers plus
a forward-facing tweeter,
and four 150-watt power
amplifiers (600 watts total)
plus an electronic
crossover. Price:

$6,000.00 each

For literature, circle No. 104
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TAPE GUIDE

HERMAN BURSTEIN

’Tape Shedding and Dropouts

Q. am very happy with my cassette
deck, but have developed a problem
of my prerecorded cassettes shedding
terribly. If | play one of these cassettes,
lasting about 20 to 30 minutes, the
head is loaded with oxide. In some
cases this affects the sound quality. |
religiously clean the head, pinch roller,
and capstan. Could there be some-
thing wrong with the head? Also, the
prerecorded cassettes exhibit drop-
outs and quivers. It is as though there
is a dirty spot which the signal didn't
magnetize. This always happens at the
same places on the tape.—Thomas
Raines, Oshkosh, Wisc.

A. If your prerecorded tapes shed
excessively but virgin tapes you have
bought and recorded yourself don't do
s0, the fault must lie in the quality of the
prerecorded tapes. They are often of
less than top quality and therefore
more susceptible to shedding. If the
dropouts and quivers you describe al-
ways occur at the same places on the
tape, again the tape must be at fault;
these defects could be due to pro-
nounced oxide shedding.

Recording at Home for
Car Playback

Q. My home cassette deck has both
Dolby B and C NR, while my car deck
has neither. Also, the car deck has no
bias selector switch. What would be
the best way to go about recording
tapes for playback in my car? | plan to
use premium-grade normal and high-
bias tapes, depending on the type of
music being recorded.—Bradley J.
Anesi, Oswego, N.Y.

A. For car playback without Dolby
NR, theoretically you should record
your tapes without Dolby in order to
obtain flattest frequency response.
However, as a practical matter, you
may find it more to your liking if you
record with Dolby B. This will add
some treble boost, which in the noisy
environment of a moving car may be
desirable. Dolby C will add even more
treble emphasis, but probably too
much. The absence of noise reduction
in a car deck tends to be slightly less
important than in the case of a home
unit, because car noise (when the mo-
tor is on) tends to mask audio system
noise.

The fact that the car deck has no

provision for bias adjustment is com-
pletely unimportant so far as playback
is concerned. Bias is employed only In
recording.

You do not state whether your car
deck provides for a choice between
120- and 70-uS playback equalization.
If you record with 70-uS EQ, but your
car's deck provides only 120-uS
equalization (as decks without an EQ
switch invariably do), the result will be
a moderate treble boost in playback,
over and above whatever boost results
from non-Dolby playback of Dolby-en-
coded tapes.

Half-Speed for Cassettes

Q. My cassette deck operates at
half-speed (15/16 ips) as well as
at normal speed. Using metal tape,
| have been impressed with the re-
sults. | wonder why more companies
haven't come up with half-speed decks.
—James E. Shields, Chicago, Ili.

A. To achieve high fidelity at 15/16
ips is far from easy, and cassette
decks today (except for the very
cheapest, selling below $100 or so) do
aim at a high level of performance. The
problems include maintaining high-fre-
guency response, which requires an
extremely narrow gap in the playback
head and virtually perfect azimuth
alignment; risk of saturation at high fre-
qguencies because of the large amount
of treble boost needed in recording at
15/16 ips, and keeping wow and flutter
suitably low. While these problems can
be surmounted, it is costly to do so.
Hence, cassette-deck manufacturers,
as things now stand, have virtually giv-
en up on half-speed. On the other
hand, a revival of interest in half-speed
is possible, along with an improved
ability to satisfy this interest owing to
constantly advancing tape technology.

Record Level Technique

Q. There have been many sugges-
tions made to me regarding the best
cassette recording technique. These
range from adjusting the record level
to read 0 VU during peaks in the musi-
cal program to the technique de-
scribed hereafter, which is the one |
use. [In essence, this consists of tap-
ing a phono disc at successively high-
er levels, noting the record level read-
ing for each, and noting in playback
the highest level that comes short of

audible distortion—H.B.] | have run
into one problem using this technigue:
My tapes of certain programs are not
compatible with some other decks, so
that distortion is heard in playback.
—John Vitucci, Melville, N.Y

A. The technique you have adopted
is one that | have recommended,
namely that, for a given type of tape,
you should experimentally determine
how high you can record before no-
ticeable distortion sets in. If a tape so
recorded sounds okay in playback on
your deck but not on some other decks,
the latter apparently are at fault. Their
playback heads or playback electron-
ics (or both) are being overloaded by
the high signal levels on your tapes.

VU Meters and “VU Meters”

Q. Why do open-reel tape decks
still incorporate pseudo-VU meters
rather than the new peak-reading fluo-
rescent or LED displays?—Patrick J.
Hoepfner, Portland, Ore.

A. Some open-reel decks have true
VU meters, which have standard spec-
ified characteristics with respect to re-
sponse and decay times, frequency
response, and overload. But, as you
say, others have pseudo-VU charac-
teristics that depart from standard.
Some manufacturers, or at least their
marketing personnel, apparently feel
that a meter is more “professional-
looking” than other types of indicators,
and thus lends more cachet to the
deck. Inasmuch as a true VU meter
tends to be relatively expensive, simi-
lar but cheaper meters have some-
times been substituted.

Dolby vs. dbx NR

Q. What are the relative advantages
and disadvantages of Dolby and dbx
noise-reduction systems?—William J.
Flickinger, Barberton, Ohio

A Dolby B tends to reduce noise
about 8 to 10 dB, Dolby C about 18 to
20 dB, and dbx about 30 dB. Dolby C
has a special treble boost curve in
recording that serves to reduce the
chance of tape saturation and treble
loss: this is achieved by a drop-off in
treble boost at the very high end.
Dolby tends to produce less distortion
than dbx at low levels, while dbx has
the advantage with respect to distor-
tion when recording high-level signals
Dolby requires adjustment of the tape

10
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deck with respect to the particular tape
being used, to match the tape’s sensi-
tivity (amount of signal output for a
given signal input); input and output
levels must match in order to achieve
good tracking, namely preservation of
treble response.

Wow!

Q. My cassette deck was pur-
chased three years ago, and its perfor-
mance has been satisfactory until re-
cently, when | began to detect wow in
playback. This is true for all cassettes,
whether commercial prerecorded ones
or my own recordings. It is very slight,
and some acquaintances state that the
deck sounds perfectly normal to them.
However, it definitely does not sound
normal to me. | have thoroughly
cleaned the capstan, pinch roller, and
heads, but with no improvement. |
would appreciate your suggestions —
J.R. Joslin, Key Largo, Fla.

A. Sensitivity to wow varies among
individuals, which could explain why
you hear something that your friends
do not. | doubt that the problem lies in
your cassettes, although this could
easily be checked by playing them on
other decks, say those of your ac-
quaintances or at an audio store. The
fault probably lies in your deck. it
could be such a thing as a slipping
belt or an out-of-round idler wheel. If
you are mechanically adept, perhaps
you can get inside your deck and have
a look-see, and clean or replace the
offending component. But in most
cases one is best off with the services
of an authorized shop or the factory.

Crystal Ball

Q. Reviews of VCR machines with
high-fidelity audio, such as the Sony
Beta Hi-Fi, indicate audio specs which
approach that of digital tape decks. Do
you think that an entirely audio tape
recorder which employs video tech-
niques will ever -become available? |
realize that in the case of decks such
as the Sony, one can use the audio
portion alone without the video, but
consider the number of extra tracks
that would be available without the vid-
eo portion.—Carl V. Ashworth, Rich-
mond, Va.

A. Your guess is as good as mine. |
imagine that both the VCR and digital
approaches to tape recording will be

assiduously explored in the continuing
search for high-quality recording at
consumer-affordable cost. In view of
the better specs obtainable with digital
techniques, even though those for VCR
are very good, it seems that digital will
win out. With digital, frequency re-
sponse is ruler flat, and distortion and
noise are almost nonexistent. Further
digital enables one to dub repeatedly
with .no loss, or virtually so. On the
other hand, there are some “golden
ears” who claim to hear things in digi-
tal recordings that they don't like. This
might influence the way things go.

Muffled Sound

Q. I'have just purchased a cassette
deck and am really happy with it ex-
cept for one problem. When | put in a
tape to play, | get a muffled sound, it
seems there is no treble. So | stop the
deck, start it again, and then the music
sounds normal. This happens with
more than one tape, but not all the
time. | would appreciate help with my
problem —Todd Gebhardt, Exton, Pa.

A. 1 do not have a definite answer
Perhaps, when you first insert the tape,
the azimuth alignment is incorrect; that
is, the gap of the play head is not at a
right angle to the long dimension of the
tape, and the process of stopping and
restarting the transport somehow re-
seafs the tape and achieves correct
alignment. When you insert the tape
into the well, do you do so carefully
and fully?

There is also the possibility that the
problem lies in the electronic circuitry.
There may be a poor connection in the
playback circuit, which is restored
when the deck is stopped and started.
I'm sorry to be so indefinite, but the
solution to your kind of problem usually
requires a checkup of the deck in
question—ordinarily by a qualified
technician.

(Editor's Note: There is also the re-
mote possibility that there's dirt on the
heads which is being shaken foose by
these manipulations. If the deck is
new, as appears to be the case, that's
rather unlikely, though.—/.8.) A4

If you have a problem or question on tape
recording, write to Mr. Herman Burstein at AU-
DIO, 1515 Broadway, New York, N.Y. 10036. All
letters are answered. Please enclose a
stamped, self-addressed envelope.

AUDIO/MARCH 1984

11

Number 1 ina series

The First
Component

s have little to say
about which phono
cartridge 1s installed in
their first system. Indeed,
many buyers aren’t aware of the car-
tridge as a separate component, and
certainly not as an important one!

AVital Position

Yet the phono cartridge is unique in its
position as the first component for re-
cord playing. It must touch your records,
translate the tiny groove swings into a
varying electronic signal, and comple-
ment the virtues of the tone arm, while
minimizing any limitations.

The Limiting Factor

Because it is so small and light, and
because some models sell for so little, it
is easy to ignore the importance of the
cartridge. But, to the degree that it is
less than perfect. it limits the potential
of everv other part of your stereo system.
And it can literally grind the nuances

of music out of those expensive records
you buy.

Microscopic Precision

Many of the goals of cartridge designers
are contradictory, requiring imaginative
approaches and superb workmanship on
a microscopic level. Ideally. the stylus
will barely touch the groove. yet it must
also firmly follow its every vibration.
changing direction in two planes as
often as 20,000 times a second or more!
It must also carry along the entire tone
arm mechanism, as it slowly works

its way to the inside of the long record-
ing spiral.

A Crucial Choice

Any deviation from perfection gives
rise to one or more forms of distortion.
And unfortunately. this kind of distor-
tion can’t be removed, no matter how
sophisticated the electronics. or how
expensive the speakers. Your choice of
a phono cartridge and turntable will
actually determine the ultimate per-
formance of your system, and how long
your records will maintain their like-
new quality. In this series, we’ll discuss
some of the important factors you
should consider when selecting this
vital component.

UL

Jon Kelly, President

Most stereo

audio-technica.

Audio-Technica U.S., Inc.
1221 Commerce Dr. Stow, Ohio 44224

The World's Favorite Phono Cartridge
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AUDIOCLINIC

JOSEPH GIOVANELLI

Reader Response:
Power Amps and
Speaker Impedance

I feel that you did not do justice, and
may have added confusion to, the
question asked by Bob Robinson in the
“Audioclinic” column in the March
1983 issue.

Although it is true that maximum
power transfer occurs when imped-
ances match (amplifiers and speakers
rarely do), the answer would have
been much easier to understand if it
had been explained in terms of Ohm’s
Law, and its related power lines:

E =IR P =FR = E°R

The amplifier's output impedance
can be neglected because it is much
lower than that of the speaker

My explanation would have been
along the following lines:

The amplifier will, at any given vol-
ume setting and program source, pro-
duce a voltage (E) across the speaker
load (R), with resultant power being
P = 1| X E, where | is the current
determined by | = E/R.

Reducing the speaker impedance
by half, and given the same program
and volume setting, the current (1) will
double, and, as a result, the power
delivered to the load will double —Al-
bert Reiche!, Kent, Wash.

I was a bit surprised by an answer to
a question about load impedance and
amplifier power output which ap-
peared in the March 1983 issue.

It is true that, when Jloads are
matched to the inherent output imped-
ance of a source, maximum power
transfer occurs. But in order to achieve
the high damping factors desirable for
driving a loudspeaker, an amplifier's
dynamic source impedance must be
considerably lower than the loud-
speaker's impedance, especially at
bass frequencies. In this respect, a
modern solid-state amplifier l100ks like
a voltage source to the speaker. This
explains why amplifier power ratings
are higher for lower load impedances
(which by the way, was not the case in
the days of vacuum-tube amps and
impedance-matching transformers).

It is generally true that, for solid-state
amplifiers, lowering the load imped-
ance will alfow the amplifier to deliver
more power. If one could do this and
maintain loudspeaker efficiency, the
acoustic output would therefore rise,

so that a listener would turn down the
volume. This would lower the power
outout from the amplifier to an accept-
able level, and, of course, prevent
burnout. Even if one does not turn
down the volume, the maximum power
an amplitier will deliver will be limited
to the maximum signal level that it can
produce under steady-state condi-
tions. As long as one can tolerate the
acoustic intensity, any well-designed
amplifier will be sufficiently ventilated
to deliver its rated output under
Steady-state conditions without burn-
ing up. That statement must hold re-
garcdless of the load impedance, be-
cause the maximum power delivered
will be subject to the limitations de-
scribed above.—Edwin A. Karlow, Riv-
erside, Cal.

Receiving Weak AM Signals

Q. My problem is that my receiver is
weak in “pulling in” AM stations. Is
there anything | can do to improve this
condition so that | can hear distant
stations?—Name withheld

A. The AM sections of most receiv-
ers are little more than portable radios.
If you live in a structure which has a lot
of metal, this will attenuate the signals
to a point where they cannot be re-
ceived well, and the situation is not
helped at all by the poor front-end per-
formance of many receivers. Their per-
formance is adequate for local signais.
Weak signals can often be received by
using an external antenna, consisting
of little more than a piece of wire per-
haps 20 feet long, insutated from the
structure in which you live. Some re-
ceivers have no provisions for con-
necting such an antenna. Even where
such provisions exist, the addition of
the antenna broadens the selectivity of
the front-end, which introduces images
and whistles which add further prob-
lems to weak-signal reception. As a
first thought, give this a try and see
what happens.

The alternative is to get a communi-
cations receiver designed for weak-
signal reception and which covers the
broadcast band. It has good i.f. selec-
tivity, a very important element in re-
jecting adjacent-channel signals.

Your only problem with receiving any
given station is whether or not it is on a
clear channel. You may want to experi-
ment with some kind of directional an-

tenna for this receiver. Try winding a
loop of many turns and connecting this
between the antenna terminals. Make
the loop about 3 feet in diameter, and
mount it well clear of surrounding ob-
jects. Provide some way of rotating the
loop. This loop will be a bidirectional
device and, hence, not completely sat-
isfactory. For unidirectional applica-
tions, it will be necessary to erect a
vertical antenna and phase it with the
loop so the system can be calibrated
N terms of compass points.

This arrangement is the basis of the
direction-finding apparatus used for
certain types of marine navigation.
Firms which manufacture such equip-
ment can perhaps supply the loop and
vertical antenna assemblies suitable
for your applications.

A communications receiver includes
items which can be useful, such as a
notch filter. (This filter rejects some of
the odd whistles which often ruin dis-
tant-signal reception.) Further, such re-
ceivers are equipped for short-wave
listening. If you have not experienced
this, you may well find it interesting.

Playing Vertically Cut Discs

I noticed your recommendation to
readers in the March 1983 issue about
playing laterally and vertically cut re-
cords. I'd like to tell you about some-
thing that | stumbled into some time
ago about “vertical” grooves.

The idea of reverse-phasing stereo
cartridges presumes that the grooves
are truly cut on the perpendicular, be-
cause the two outputs are converged
at unity. It seems, however, that many,
if not most cylinders and discs were
cut on some diagonal plane. There-
fore, optimal signal-to-noise ratio is not
achieved on many such recordings by
wiring the cartridge as you have de-
scribed.

What | have been doing is wiring the
cartridge reversed, but mixing in a dif-
ferent manner. | preamplify the two out-
puts independently but identically. |
then mix them, via a two-in/one-out
mixer. Either input is set to nominally
correct line level. The other is then ad-

If you have a problem or question about audio,
write to Mr. Joseph Giovanelli at AUDIO Maga-
zine, 1515 Broadway, New York, N.Y. 10036. All
letters are answered. Please enclose a
stamped, self-addressed envelope.
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FM stations must often use
a limiter to compensate for
the fact that more and more
high-frequency content has
been introduced into
program material.

justed until there is a maximum noise
null. The settings are rarely at unity
gain and vary from record to record.

This scheme also works for the
short-lived "“compatible” discs, such
as Emersons, which ostensibly could
be played on lateral or vertical repro-
ducers. The process resulied in better
SIN ratios with much less filtering re-
quired. This method was also applied
to the Edison “Kinetophone" synchro-
nous soundtrack cylinders which |
have been transferring, along with their
matching films, to videotape —Art Shif-
rin, Douglaston, N.Y.

FM Pre-Emphasis

Q. Can you tell me why FM trans-
mission requires pre-emphasis and
why reception calls for de-emphasis
(75 uS in both instances)?—Michael D.
McCormick, Tampa, Fla.

A. FM could have been left strictly
alone, with neither pre-emphasis dur-
ing transmission nor de-emphasis dur-
ing reception. The received frequency
response would be fiat.

The problem is that the noise pres-
ent 1s audible mainly at high frequen-
cies. If these frequencies are boosted
during transmission and correspond-
ingly lowered when the signal is re-
ceived, the noise is reduced, at high
frequencies, by the amount of de-em-
phasis.

The pre-emphasis used in the U.S.

#

for non-Dolby broadcasts is 75 pS,
which corresponds to a boost of about
13 dB at 10 kHz. For broadcasts using
Dolby NR, a milder pre-emphasis of 25
wS s used. When played back with
normal de-emphasis and without NR,
this compensates for the high-frequen-
cy boost otherwise heard from unde-
coded Dolby signals.

The reason pre-emphasis was con-
sidered possible by those who set
standards for FM broadcasting was
that highs found in typical program
material are low in spectral distribution.
Boosting them, therefore, will not cre-
ate overdeviation at high frequencies
or excessively wide sidebands which
could be a source of Interference to
adjacent-channel services. As time
has passed, more and more high-fre-
qguency content has been introduced
into program material. To compensate
for this, it is often necessary for the
station to use a high-frequency limiter
to reduce the level of such frequen-
cles, at least on peaks.

FM Signal Dropout

Q. About a year ago, a friend and |
each purchased stereo receivers of
the same make and model. Since
then, we have both noticed, with the
receiver set to the FM mode, that the
volume of sound will suddenly de-
crease dramatically. This has hap-
pened on all the stations | listen to. We

both live in a rural area. Would that
make a difference?—Josh Jaeger,
lowa City. lowa

A I wonder if the mysterious drop in
volume has to do with your being locat-
ed so far from the stations to which you
listen that their strength is influenced
by atmospheric conditions. Hf | am cor-
rect about this, you will experience
most of these difficulties during the
spring and fall, while winter is the least
affected time of the year.

You did state that you experience
drops in volume, but | hope this more
correctly translates into loss of signal
strength. Normally, of course, changes
in signal strength, although creating
added noise, do really cause a drop In
volume level | have no other ideas at
this time, except for possible defective
components in the receivers. It just
seems too much of a coincidence that
you both should be plagued by the
same problems.

Improved Record Playback

Q. | read that sonic quality in-
creases during the first few “plays” of
a disc and then declines. Is this
true?—Rudi Schmid, Kensington, Cal.

A. | do not believe sonic quality im-
proves during the first few plays of a
disc except in one respect: The noise
background will sometimes be reduced
as a result of the polishing of the
groove walls by the playback stylus. 4

The new Heybrook TT2 Turntable keeps
acoustical and mechanical resonances to
an absolute minimum, while the extreme
solidity of the design allows the arm and
cartridge to track the record without be-
ing adversely affected by external sources.
Theresulting sound is clean, detailed, and
dynamic, with satisfying solidity and
weight. Detail resolution is excellent and
stereo imagery is precise and with good
depth, allowing the listener to appreciate
fully all aspects of the music.

Truly a musical instrument - Heybrook’s
TT2 series 2 Turntable comes complete
with the Heybrook tonearm or an arm-
board to suit the tonearm of your choice.
Available in black or walnut finish.

The new TT2 from Heybrook . .

Made For Music.

mporters & Distributors of Heybrook in ihe U S

D’'Ascanio Audio

THE REFINEMENT OF A MUSICAL INSTRUMENT.

/I 11450 Overseas Highway, Marathon, Fiorida 33050
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What comes out of
your audio cassette deck is
only as good as what goes
in. And if you want un-
matched dynamic perform-
ance, you need the highest
performance audio cassette

you can get. You need a
TDXK Pro Reference Series
cassette. Each is designed
to maximize the untapped
potential of your cassette

MODE #9s
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HIGH RESOLUTION

Standard Cassette Mechanism

sound clarity, quality and
fidelity virtually unmatched
by any other cassette on the
market. Its exclusive dual
coating of Super Avilyn
particles provides optimum
performance for all fre-
quency ranges. And SA-X’s
super-wide dynamic range
and higher MOL handle
high signal levels without

A-X90
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sure the energy never fluctuates,
each TDK cassette is protected by
our specially engineered cassette
mechanisms for reliable, trouble-
free performance. Plus a Full
Lifetime Warranty.

Before you waste energy on any
other brand, put more life back into
your cassette deck with TDK'’s Pro
Reference Series cassettes. They're
pure Sonic Tonic.

distortion or saturation.
deck by generating clear, crisp, full- You also get high-powered per-
bodied sound. formance from TDK'’s famous
Take our SA-X high-bias MA-R metal and AD-X Avilyn-based ®

cassette. It offers you adegreeof = normal-bias cassettes. And to make THE MACHINE FOR YOUR MACHINE

1983 TOK Electronics Corp
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ROADSIGNS

IVAN BERGER

SAAB STORY: CLOSING PHASE |

hase | of our Audio test car set-
Pup is pretty well complete. The

system has grown a bit in cost
and complexity (see Table) and im-
proved in sound enough to make me
happy—Dbut not satisfied. Sonically, the
end result is excellent; philosophically,
though, | wonder if it's good enough to
justify the elaborate means by which it
was achieved.

Five major changes have been
made since the last installment (Sep-
tember 1983): New midrange drivers,
new woofers, new center speakers, a
new rear deck, and the installation (at
last) of rear-deck speakers.

The new midrange drivers are ADS
206-0314s, which meliowed the for-
merly edgy sound and lowered the
permissible crossover point between
the front satellites and the rear sub-
woofers. (The subwoofers are now fed
via an 85-Hz low-pass filter, the front
satellites via a 180-Hz high-pass one;
the “gap” between—actually just a
dip—compensates for typical car reso-
nances.) Both the mellowness and the
lowered crossover are definite bene-
fits. The sound is smoother, and the
transition to the rear-deck woofers
much harder to detect (not that it was
all that obvious before)

The dual-KEF subwoofer box that
took up half my Saab's trunk has been
retired upstairs, to join my home sys-
tem. In its place, we've mounted 10-
inch woofers in the deck itself, neatly
concealed behind an overall cloth cov-
er. This solution is a lot more practical,
but not as fantastic sounding as the
boxed KEFs. Mainly, the problem is the
vast enclosure presented by the Saab
trunk (21 cubic feet), which few car
woofers are designed for. At the mo-
ment, | have Alpine 6110 woofers,
which Alpine freely states sound better
in a smaller box. When | get some test
gear (coming soon), I'll use it to com-
pare the Alpines’ response to that of a
pair of 10-inch Protons which have ar-
rived since. The Protons, too, should
sound better in a smaller box, but the
mismatch is less great In their case.
Meanwhile, I'm still searching for 10-
inch woofers made for large infinite
baffles.

A second problem (since fixed) was
poor sealing of the trunk. Even small
air leaks can reduce a woofer's low-
frequency output (unless they turn out,

under test.

Note also the "bucket” beneath the dash at right, to hold equipment

A new rear deck holds a pair of Genesis AM-165 speakers where they belong,
at the front of the deck; dual 10-inch subwoofers are concealed beneath
the cloth.

by lucky coincidence, to act as proper-
ly sized and sited to be reflex ports),
and the closer they are to the woofer
the more effect they have The first
time round, my rear deck left two gaps
about 172 x 4 inches each, plus many
cracks around the deck's edges
where it meets the trunk lid and

around the edges of the fold-down rear
seat. After yet another trip back to the
installer, New Engiand Radio, | got this
taken care of: The deck was remade to
plug the gap, and all the major cracks
were filled with weather-stripping—as !
had originally suggested.

There's now a beautiful console in

16
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PHASE-CONTROL-REGULATION®

THE SOUNDCRAFTSMEN PCR800
PHASE-CONTROL-BEGULATION®
STEREO AMPLIFIER

Soundcraftsmen’s research into Digital Audio Technology has resulted in a
major advance in amplifier design—Phase Contro! Regulation® The
world’s first PCR amplifier, the PCR800, sets continuous performance and
reliability standards never before possible in audiophile equipment.

Recently, “novelty” amplifiers boasting unbelievably high power, small size,
light weight and low prices have appeared. Within certain tightly-controlled
laboratory conditions, some of them will actually meet their specifications.
Unfortunately, under real-life home music system use, they exhibit irritating
“quirks,” such as repeated shut-downs. The fact is, amplifiers don’t like
low-impedance loads. And yet. virtually every popular loudspeaker system’s
actual impedance drops will below it nominal rated impedance at various
points in its frequency response; some drop to under 1 ohm at midrange
frequencies! Try to reproduce music with extended dynamic range at realis-
tic volume levels through many loudspeakers, and most of these amplifiers
will quickly overheat and turn off. Throw in an accidental dead short in the
speaker line and many amps literally setf-destruct.

205 W/P/C
$449.00

MADE IN

USs ;

i _.- :\n_

ENTER PHASE-CONTROL-REGULATION®

Soundcraftsmen’s PCR technology makes possible an ampilifier that is not
only small, lightweight and low in cost, but ane which continues te operate
normally, in actual real-world systems, at any impedance down to zero
ohms! Even a dead short won't harm the PCR800! Currest-fimiting, the
most commonly-used form of amplifier protection circuitry, is totally efimi-
nated in the PCR800, along with the inherent sound degradation commonly
associated with current limiting protection eircuits.

HOW DOES IT WORK? An electronic “Oraim,” fed by multiple precision
temperature sensors located strategically tnroughout the amplifier (we call it
Thermo-Coupled Feedback), constantly menitors the operating tempera-
ture of its various sections. It directs the internal ccoling fan to supply the
required amount of fresh air whenever needed. If the operation of the
PCR800 is so extreme that high speed cooling is inadequate, the “brain™
constantly adjusts the voltage fed to the POWER MOSFET output transis-
tors, eliminating any destructive tendencies while permitting continuing
operation. THE RESULT? Clean, clear, unstrained sound under amy operat-
ing condition, optimum power available into any impedance at all times—
not just for “peaks”...and total reliability at all times.

GUARANTEED SPECIFICATIONS

e POWER Output: 205 watts per channel at 8 ohms (20Hz/20KHz, less than
.05% THD); 300 watts per channel at 4 ohms; 275 watts per channel at 2 ohms;
600 watts @ 8 ohms, Mono Mode » Total Harmonic Distortion: Less than .05%
* |M Distortion: Less than .05% e TIM Distortion: Unmeasurable e Signal-To-
Noise Ratio: Greater than 105dB » Slew Rate: Greater than 40 V/microsecond ®
Rise Time: Less than 2.2 microseconds  Frequericy Response: +0.1db; 20
Hz/20kHz  Size: 478" x 8'2" x 12" Deep » Weight: 18 pounds

FREE!

Engineering White Paper Explaining
Phase-Control-Regulation®and Complete
16-Page Color Brochure. Circle Reader
Service Number or Write Directly.

2200 So. Ritchey, Santa Ana. California 92705, U.S.A./Telephone {714) 556-619UU.S. Telex/TWX 910 595-2524 « International Telex: §10-595-2524/Answer-back Code SNDCRFTSMN SNA
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Miswiring the door-speaker
channels widened the
stereo space pleasantly;
miswiring the back helped
perspective, too.

the middle of my car, housing not only
the head-end and equalizer but three
speakers and six switches. The speak-
ers are, from left to right, a right-chan-
nel tweeter, a left-plus-right midrange,
and a left-channel tweeter (all Audax
drivers). A fader near the base of the
steering wheel proportions the sound
between this central system and the
satellites under the ends of the dash. (I
found it interesting that the midrange in
this center system, which sounds fine,
is the same Audax model as the ones
which were replaced in the main satel-
lites because they sounded harsh.
the difference is probably in the cross-
over point, though it might be the en-
closure.)

With the center dialed out, the sound
is as it was before: Each front-seat
occupant hears the speaker immedi-
ately in front of him, but hears almost
nothing from the channel opposite. As
you dial in some center, you begin to
get a sense of stereo imaging, at last—
but a very narrow image, dead ahead.
| find this system is more useful when
used with the ADS speakers in the
doors; without the center, their image
is too wide, so the narrowing effect
helps here.

Putting in the center system involved
an extra electronic crossover and an-
other Philips amp, which strikes me as
overklll. It also meant moving the radio
down a bit, which makes its controls
harder to reach (except for the volume
controf, which | now keep brushing ac-
cidentally, giving me a blast of sound
each time). Not only that, but the new
console, like the original one, faces the
radio straight back down the car's cen-
ter line. Even after a few months, [ miss
the way the previous console had been
angled—slightly towards the driver for
easier tape loading.

At the base of the new console are a
tape compartment and six switches.
The tape compartment is fairly handy,
but eliminates the space where | used
to keep a tiny Rubbermaid wastebas-
ket for on-the-road trash. It also elimi-
nates the under-console bucket we
originally put in to hold radios and
equalizers under test; a new bucket,
angled slightly toward the driver, has
therefore been built beneath the pas-
senger-side dash.

The switches (mostly Carlingswitch
Curvettes) control the inputs to the

main amp system (for testing other
head-ends), the supplementary amp
(on/off and front-rear speaker selec-
tion), and an under-dash map light.
(The sixth switch, if you're counting. Is
a spare for possible future use.)

The map-light switch originally oper-
ated the burglar alarm. New England
Radio thought that making the switch
inconspicuous would keep burglars
from figuring what it was; | thought that
burglars would hit every unmarked
switch in sight, in hopes that one would
turn the alarm off. So the alarm switch
has been moved out of sight. Unfortu-
nately, though, the alarm system
stopped working almost at once--t
don't know whether it's the alarm or the
installation. Every time | get it fixed, it
works fine at first, but then its exit delay
time shortens to zero during the next
24 hours.

The rear-deck speakers now in

place are Genesis AM-165s. They
were originally placed at the extreme
back edge of the rear deck, a position
i'd not seen used before. | kept asking
the installer if that would have any ef-
fect on the sound, and they kept ignor-
ing the question. When | got into the
car, however, | could tell it did: The
Genesis speakers, normally quite mu-
sical, sounded honky and nasal, as if
they were buried in a horn, as, in fact,
they were. My suspicions about this
were confirmed by talks with Mike Burk
of AFS Kriket (who gave me invaluable
advice throughout this project) and
Roy Allison of Allison Acoustics (a
leading authority on room-interaction
effects). As further confirmation, |
found the speakers sounded musical
again as soon as | opened the rear
hatch. So, in the new deck panel,

Systém Contents : '

Source

Main System

Equipment Cost. ... ... .. .

Subsidiary System

Subtotal

Alpine 7347 FM/AM/cassette receiver

AudioMobile SP-300 three-band equalizer-preamp
AudioMobile CX-E2 active stereo crossover networks

(two, at $244.95). .. ... ... ... ...
Rockford Power VI four-channel power amp with crossover

(two channels bridged to mono) . .
Rockford Power |l stereo power amp
Philips EN-220 stereo power amp (two, at $199.95)...... .. ... ..
Audax HD-100-D25 tweeters (two, in satellites, at $17.00) ... . ...
ADS 206-0314 replacement midrange drivers (two, in

satellites, at $42.00) . . .......... ..
Audax HD-9.8-D25 tweeters (two, in center console, at $17.00) . .
Audax MHD-10P-25-FSC midrange (in center console) . . ... ...
Alpine 6110, 10-in. subwoofers (two, at $60.00)

*Labor (Design and Construction) .. ... ... ... .. .. . ..
Subtotal. . ... ... . ... .. ... ...

ADS 320i, two-way separates, stereopair. ................... ..
Genesis AM-165, two-way plates, stereo pair.. . ............. ...
Alpine 3502 stereo power amp ... ..
EquipmentCost. ... ... .. .. . ..
*Labor (Design and Construction). .. ... ... ... ..

........................ $5,171.20

$ 599.95

750.00

$1,218.50

*Labor estimates do not cover time spent in changing and experimenting,
but represent what such a system would cost to install from scratch.
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A unlque solutlon to a serious tur

Technics turntables with the PMount system

Jnfortunately, standard turntable design has left too
much to chance in terms of cartridge mounting and
performance.

Technics turntables with the patented P-Mcunt
tonearm/cartridge system have changed all that. By
Jroviding complete compatibility between tonearm and
zartridge to achieve the optimum tonearm resonant
‘requency: the level at which annoying bass frequency
nterference is minimized. For the accuracy and fidelity
zonventional turntables can deny you.

In addition, P-Mount is a plug-in system. You'll get
outstanding performance without struggling to install
the cartridge. There’s nothing to wire. There's na longer
3 headsheil. There's no more fumbling to calibrate
overhang or stylus position. Tracking and anti-skating
adjustments have been virtually eliminated.

Just plug any P-Mount cartridge into a Technics
straight, low mass, high performance tonearm, and
tighten one locking screw. With Technics, your records
are now virtually immune to the groove wear, poor
channel separation and distortion caused by improper
cartridge-to-tonearm mounting.

Technics has standardized all key specifications
with manufacturers of P-Mount cartridges: cartridge
weight, external dimensions, connector shape, stylus
position and more. So you can choose from a wide
range of cartridges from virtually every manufacturer.

The P-Mount plug-in cartridge system. Just one of
the many advances you’ll find in the entire line of
sophisticated Technics turntables. Including our
surprisingly affordable new quartz-locked series.

The turntable revolution continues at Technics.

Technics

The science of sound

Enter No. 10 on Reader Service Card
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ABOI.IT PERFORMANCE TIRES
THERE IS ONE ANSWER:
GOODYEAR EAGLES.

Eagle radials are fitted to
every front-wheel-drive Dodge
Daytona Turbo Z. Every Chrysler
Laser XE. And every new Ford
Thunderbird Turbo. Here's why:

1. All-out

performance.
In 1983 SCCA Show-
room Stock national
competition—street
radial against street
radial-Goodyear
Eagles* won more
races than all other
radials combined.

*Tread shaved to racing depth.

2. All-around performance.
Goodyear Eagles are meeting
the auto companies’ toughest
specifications for performance-

radial tread wear, speed
ratings, ride quality
and steel-belted
strength.
3. Race-bred
performance.
Only Eagle radials
give you the direct
benefit of Goodyear’s
longtime domination
of world racing.

Erter No. 11 on Reader Service Card

Example: The tread pattern of
our Eagle GT radial is derived
from our Formula One racing
rain tire.

These are the reasons why
Goodyear performance radials
are standard equipment on more
cars sold in this country than
any other performance tires.

These are the reasons you
should visit the Eagles’ Nest at
Goodyear today. Or write now:
The Goodyear Tire & Rubber
Company, Box 9125, Dept. 17C
Akron, Ohio 44305.




The system has a lot of
flexibility, and 1 use it all.
Passengers are a bit
bewildered, at first, by the
way the sound can shift.
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common in cars.

More elaborate than most home systems, the one in our project car
incorporates extra speakers, inputs, outputs and switching for test purposes,
plus a center speaker system to help deal with acoustic problems

they're mounted near the front, and
sound much better that way-—-though
still not as good as they sound in other
situations. (I'd recommend them very
highty for situations where they'd radi-
ate directly at the listener, but less
warmly for the tricky acoustics of a rear
deck.) At this go-round, New England
also put a quick-disconnect plug on
the wires to the rear-deck woofers and
full-range speakers, so | can easily re-
move the deck when carrying big trunk
loads.

The Alpine amp had originally been
miswired, feeding left-channel sound
to the right-door speaker, and vice
versa. Fortunately, using the door
speakers with the under-dash satel-
lites, this “error” pleasantly widens the

stereo space. The sound from the rear-
deck speakers is also improved by this
mistake, adding a touch of stereo full-
ness to the sound from the back. This
is because each passenger is sitting
within a front-back stereo pair—in my
case, front-left and rear-right. Against
their judgment, | was able to get New
England Radio to leave that “mistake”
alone.

While the idea of mischanneling the
door speakers was the result of a hap-
py accident, the idea of crossfiring the
rear ones came from several
sources—chiefly, an article by Dan
Shanefield (“Four-Channel—What Do
You Really Hear?" Audio, November
1975) and a letter from him pointing
out that some GM factory systems do

this, too. | have not had the chance to
try his other suggestion in the same
article, of aiming the rear speakers at
the opposite walls, since my rear
speakers fire straight up.

This system gives me a lot of flexibili-
ty, and | use it all. Passengers are a bit
bewildered, at first, by the way the
sound source shifts as | readjust the
pots and switches, but they do like the
results. The best frequency response
comes with the main system, which |
use most of the time. For large-hall
concert music, | usually turn the back
speakers on, faintly, to add distant am-
bience; for jazz, folk and such, | use
the door speakers instead of the rears,
to add ambience of a more intimate
kind. For rock, where all bets at realism
are off, anyway, | sometimes listen only
to the door speakers; for country, |
tend to listen mainly to the doors, but
dial in some center fill (which also
brings the subwoofers into play). For
chamber, | tend to listen to the main
front satellites alone. And | make ex-
ceptions in all these cases, based on
the particular recording.

There has to be a better way. I'm
sure the system can sound good when
bi- instead of triamplified. | strongly
suspect that front-satellite speakers
can be made to give me good stereo
perspective without the complexity or
narrowing effect of the center speak-
ers. (That would also give me a better
place to stick the head-end and its
controls.) | wonder whether mono-
phonic subwoofer amplification, or
even a single subwoofer, would sound
as good as my current stereo setup
and, if not, how much difference would
be audible. These modifications would
cut me down from nine channels of
main-system amplification to four,
which would let me cut out three ampti-
fiers and one crossover ($1,070 to be
saved there) and some drivers (sav-
ings of $135), plus the labor cost of
installing them.

Even with these modifications, the
system would hardly be a cheap one
But the means used would be far more
in line with the results—which, | ac-
knowledge, are darn good. So Phase |
will be one of devolution. But that's a
few months off, as yet. Meanwhile, we
begin using our project car for its ongi-
nal purpose—as a test bed for in-car
audio equipment. y/
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* COMPACT DISC COMPATIBLE

Maxell introduces the
new XL-S audio cassettes;
a series of ferric oxide
tapes which deliver alevel

of performance that can
Captureoije%o nd nu-
ances found on Com-
pact Discs more faithfully
than other ferric oxide
cassettes on the market.

There are anumber of
areas where this achieve-
mentis apparent.

GREATER

DYNAMIC RANGE.

Through a new formu-
lation of our magnetic par-
ticles, We were able to re-
duce theperceived resid-
ualAC bias noise level by
1dBinthe critical 2 kHz
to 10 kHz mid-frequency
range. And simultaneous-
ly increase sensitivity and
maximum outptit levels
byasmuchas 2 dB.

| MOL (5% DISTORTION)

—— XLI-S
- XLIFS

))
0
V|

LIk

- AC BIAS NOISE

02 .015 12 512 51020
Frequency (kHz)

As aresult, the dyna-
mic range of each tape
has been significantly
expanded. Soyou geta

Harmonit Distortion %

better signal to noise ratio
and a fullerimpact of the
dynamic transients exclu-
sively inherent to digital
CDrecordings.

LOWER DISTORTION.

The newly formulated

particles also contribute
considerably fo XL-S's low
output fluctuation, as well
as its virtual distortion-free
reproduction, especially
inthe critical mid-range
frequencies. This, inturn,
accounts for our XL-S
tape's enhanced sound
clarity, |

DISTORTION « FREQUENCY
CHARACTERISTICS

— XLI-S

. —— XS 2
\//
N‘u’-‘/

e ey
1 2\ 5 1 23
Frequengy —~ “/_‘J
K Critical Mid-Hange

(kHz) Frequencies

IMPROVED
MAGNETIC PARTICLES.

Our refined particle
crystallization process is
the basis for all of these
accomplishments. Maxell |
engineers are now able to
produce amore compact |
needle-shaped Epitaxial
magnetic particle of
extremely high uniformity.

This allows us to create
ﬂgr ater ratio of total sur-
facelareato unit weight of
magnetic particles.

As aresult, our XL-S

Enter No. 12 on Realder Service Card

1

tapes nowhave the ability
to record more informa-
tion per unit area than
ever before.

PACKING DENSITY OF
UNIFORM PARTICLES.

| Whjgh is why Maxell
high bias XLII-S and nor-
mal bias XLI-S are unsur-
passed at reproducing
the:sound qualities found
ontoday’s finestrecord-
ings. Regardiess of
whether your frame of ref-
erenceis analog or digi-
tal audio discs.

For techni%al specifica-
tions onthe XL-S series,
write to: Audjophile File,
Maxell Corp, of America,

60 Oxford Drive,
Moonachie, New Jersey
07074

N 0707¢

TSWORTHIT
© 1984 Maxell Corporation of America, 60 Oxford Drive, Mdc
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EDWARD TATNALL CANBY

CHAIN OF COMMAND

ately I've been hipped on the

neat symmetry of audio’'s far

ends, out beyond the loud-
speakers one way, beyond the mikes
in the other. Out there, it is all air
space and direction. In between, it's
circuitry. Transducers! At each end we
have them, the same but opposite, and
they are the biggest thing in audio.

Until 1 joined Audio, | had never
heard of a transducer, nor a host of
similar terms, like parameter. These
words do not exist in the musical and
literary worlds. Yet they are a part of
our language, literary or no, and if
used nicely they are rich in meaning—
they have a good sound and ook well
on the page. That is, if you avoid bury-
ing them via the engineer’s worst liter-
ary fault, polysyllablicity. Maximum at-
tenuation, my foot! (See Dec. 1983))
Just say “off.” And then use on, up,
down, go, stop, thick, long, square,
round, those ancient words—and
transducer will look lovely.

Thanks to the residue of four years of
school Latin, | had no trouble with
transducer. It means simply “leader
across,” out of its Latin roots. A duke is
a leader with a “k." Il Duce, that erst-
while leader, made the mistake of join-
ing up with another one, Der Fuhrer.
Same meaning but different root. Du-
Pont's famous trademark name, Duco,
means, in Latin, "I lead.” What else! A
Latin pun on the corporate name. Our
transducers, however, don't lead from
the top, they lead across. "Trans,” in
Latin, still takes us over countless
bridges, gaps, ideas, changes of
state, territories—mass transit (it goes
across’), for instance, or transiation
("across from one language to anoth-
er”). Latin is indeed useful,

We only have two families of primary
transducers in audio, in spite of many
others, mikes and speakers. The rest
are secondary, en route in the audio
chain, transfer stations between the
processings. The phono cartridge and
its opposite, the cutting head. The tape
heads, record and play. They take up
a lot of our attention but they aren't
primary, like those major gateways,
pearly or no, which lead into our territo-
ry at one end and out again at the
other.

Oh yes—the erase head. It is a mar-
velous transducer to nowhere, and a
very good thing, if you ask me. If we
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would erase as much as we record,
we'd be better off. As for the bulk eras-
er, in audio it is on the order of the
nuclear bomb. Nowhere in seconds.

Curious that microphones and
speakers have always come to us in
such bewildering variety. They
shouldn't, one would think, because
variety is not a part of the transducer
definition. We always assume it to be
what it says, an impartial, accurate
leacer-across, with a minimum of side
distractions. We measure all our trans-
ducers for accuracy and faithfulness to
the signal being led across, and rate
the fi accordingly. Every speaker, ev-
ery microphone, except for a few high-
ly specialized items, is valued first of
all as a true signal carrier. Like the
“straight-wire” amplifier—that's the
way we think of them and even adver-
tise them. A speaker is not a signal
processor, nor is a microphone. Any
deliberate signal alterations or adjust-
ments in the electronic circuit at these
points are minimal: A bit of attenuation,
a modest cutoff, above or below. If you
do fancier things, you do them else-
where.

One is, indeed, very much like the
other, excepting mainly that they are in
mirror image. With one, we put in force
ana get out electricity; with the other,
we put in electricity and get force out.
And whatever is done in between is

either amplification, to take care of
those inevitable losses to inefficiency,
or some sort of storage medium, such
as LP or tape. There are, to be sure,
other jobs, but these are the primary
ones.

But the variety is there, all right, and
it is significant. It involves not the elec-
tronic signal, but the other side—which
is space, air, ambient sound waves.
Directional modifications, for instance.
Phasing. Here, in both species of pri-
mary transducer, we are already be-
yond the circuitry and involved in an
utterly different medium. These termi-
nal transducers, then, are 50-50 prop-
ositions by their very nature, one half
dealing with electronics, the other half
with mechanics, signals in outer
space. At both ends of the chain.

The slots and holes we find in the
bodies of directional mikes could be
nowhere else because they are entirely
acoustic. The careful avoiding of inset
cavities in front of the speaker cone (a
relatively recent development), the
staggered mounting of woofs and
tweets for phase coherence, the aim-
ing of the speaker beam, all this and
plenty more are out beyond any circuit-
ry. If electronics sometimes ingenious-
ly appear in these areas, they are
acoustic surrogates, doing what is ba-
sically an acoustic job.

Well, of course, of course! Kinder-
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Chrysler creates LASER XE. The sports car
that had to outperform the competition.

\We gave Laser XE world-class perfor
mance. In the slalom, Laser beats afl

entries —from Trans Am to Mustang GT.

\We built Laser XE to outperform the

competition: Camaro 228, Trans

Am, Mustang GT, Supra, Mazda RX-7.

e TEEre

Laser beats Porsche in the slalom.
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Laser outperforms Trans Am in braking.

Laser is faster than Camaro Z28 from 0-50 mph.

Laser does it when you equip it with

turbo, performance handling pack-
age and nitrogen-charged shocks?™®

Laser does it with front-wheel

drive, new dual-path suspen-
sion system and quick-
ratio power steering. In
the slalom Laser finish-
es No. I —even ahead
of the legendary
Porsche 944.
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We turbocharged it. From 0-50, Laser XE
leaves Camaro 228 with its shadow.
Z28is a powerhouse —but Laser XE is
the sophisticated new wave. Its
multi-point injection system “spritzes”
fuel in at four points. Its water-

cooled bearing reduces a critical turbo
temperature by 500° F Its turbo engine
boosts h.p. 45% and moves
Laser like light. With 5-speed
your time to 50 mph is 5.8
seconds. 228, Trans Am, Supra
and RX-7 are in your remote-controlled
side-view mirrors.

We gave it high-performance braking
Laser XE stops where Trans Am doesn’t.
We think total performance calls

for performance braking. So we gave
Laser XE semi-metallic brake pads,
power brakes all around and optional
wide 15" alloy wheels with Goodyear
Eagle GT radials. Result: Laser stops
quicker than 228, Trans Am, Mustang
QGT, Supra, RX-7. Even Porsche 944 can't
beat our world class braking.

\Xe gave it a brain—and a per- ’
formance seat that performs #F
Laser XE thinks with you. Its
21-feature electronic monitor

even talks your language.

Its navigator computes for
you while its color graphic
displays make you

a caiculating driver. Laser XE's

AM/FM stereo remembers what you
like to hear and its self-diagnostic
system is the nearest thing to an on-
board mechanic. Your seat responds
with cushions you pump up for

thigh and lumbar support, and you

can choose a 6-way power seat and
Mark Cross world-class leather.

We gave it our best: a 5 year/50,000
mile Protection Plan

We believe a performer has to be a survi-
vor. We build for that. And back your
engine and powertrain with a 5 year/
50,000 mite Protection Plan, with outer
body rust-through protection for the
same period** See dealer for [ g |
details. Buckle up for safety. |

35 Est. Hwy. Q
rysler

EPA Est. MPG
Laser A Product of The New Chrysler Technology.

*Based on overall results of USAC sports car certification tests
versus 1983 models. Laser XE equipped with optional handling
suspension. Turbo package and 15" road wheels and tires.

*=5 years or 50.000 miles. whichever comes first. Limited warranty

Deductible required. Excludes leases. *Use EPA est. mpg. for
comparison. Actual mileage may vary depending on speed. trip
length and weather. Hwy. mileage

probably fess.
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We only have two families
of primary transducers in
audio, in spite of many
others—mikes and
speakers.

garten audio. Nevertheless, here is the
reason why these in-between trans-
ducers hold such fascination for our
most brilliant designing engineers,
both at the microphone end and at the
speaker. All the rest of audio is as
nothing, | suggest, compared to the
subtlety, the challenge, even the mys-
tery of these two critical transducer ar-
eas dealing with interlocked media,
crossing from one to the other. Not
surprisingly, it is here that the comput-
er, too. is at its best—those remarkable
three-dimensional simulations of me-
chanical speaker motion, for instance,
formula by formuia, before a part is
fabricated or a sound heard. Astonish-
ing, even for the computer man.

You can sense my drift. | am moving
outwards from the audio center in both
directions, to both the end transducers
which are so similar, if exactly oppo-
site, in function. Like electric motors
and generators. Remember the
Gramme dynamo, the first, which
would work the other way as a motor?
More transducers, in another field.

And now one further argument.
Transducers are not dead ends. Ours
certainly aren't. What exists out there
beyond the speaker, and beyond the
mike, is the reason for our transduc-
ing—and obviously we must think of it
as a part of, shall | say, the greater
audio chain. Not only sound waves im-
pinging on, emanating from the trans-
ducer but, necessarily, the whole com-
plex of enclosed space with its reflec-
tions, reverb, presence, and so on.
This, at both ends-—before the mike,
after the speaker—is the actual medi-
um for human perception and creation.
This is where audio starts, and where it
ends, and because there must be
some sense to audio, we go even fur-
ther—we are inextricably tied into the
whole gamut of human expression in
sound, be it educational, artistic, enter-
tainment or whatever! All vitally a part
of the greater audio chain.

No, this is not some high-flying Can-
by philosophy. it is just a matter of fact,
insofar as we can pin things down,
measure them usefully and put them
predictably to work. Why else is audio
so interesting in so many ways?

Well, returning to everyday practical-
ity, I'll have to admit that our two types
ot primary transducers tend to go their
very different ways. And so do those

opposite acoustic spaces beyond
them that complete the transduction.

Beyond the mike, out in space at the
beginning of the chain? Wow-—a whole
further world of professional audio, full
of a million exciting activities. And be-
yond the speaker? Ah, there's the rub.
Also plenty of sonic spaces. But whose
space? Alas, it isn't ours. We have pre-
cious little control of it, nor very much
influence on the owners. They go their
own way, and this can be distressing.

Except with the professional sound-
man, the speaker designer loses his
grip on the audio chain when his prod-
uct goes into its shipping box. Out of
his hands. Those speakers move into
thousands of private domains, and he
can cnly guess, and hope. In my opin-
ion, even after a half-century of hi-fi, it's
a forlorn hope—that this final segment
of the greater audio chain will be com-
pleted in a way to bring out the best of
the entire chain. If we are satisfied with
mayte one in a hundred or a thousand
cases, maybe we're doin' okay. The
few perfect, ideal home realizations of
all that immense amount of design and
art and sheer work that leads (leads
across) to the listening human ears.

Well, it's tough. But this is an audio
democracy, isn't it? Our cash flow, at
least, is okay in good times; the people
buy our eguipment and keep us in
busiress. But do they take full advan-
tage of its abilities, to complete that
final stage of transducing? Not so
you'd notice it. Readers of this maga-
zine are, of course, exceptions.

And so i'm pessimistic, when it
comes to the consumer. Money—vyes.
But does he ever learn anything? When
he wants to, he does. That's life. To-
day, the required know-how is every-
where. We all have microphones to
play with, speakers or phones to repro-
duce with. Plenty of us have the better
sort of equipment, ready at hand, or at
ear. For 50 years there have been
books on home hi-fi (mine included),
carloads and trucks full of pamphiets,
leaflets, press releases, instructive ads
(plus demos, lectures and TV spectac-
ulars), all profusely detailing our sub-
ject. There's a hi-fi salon in nearly ev-
ery village and town. It's all there for
the asking and has been for so long.
But .. ..

I'll give you a little example of current
transduction, out of the loudspeaker

and into the final listening space, the
end of the chain. Extreme, maybe, but
all too common.

| recently visited friends in a fancy
penthouse apartment outside of Man-
hattan, brand-new building in park-like
surroundings. Ah, such peace and qui-
et, after noisy downtown New York. We
had a long, pleasant, and relaxed con-
versation in what | found was a very
comfortable silence. Then during a
pause, | heard a series of odd, tiny
squeaks, very faint. What could they
be? A bird, outside on the penthouse
terrace or in a cage next door? Mice in
the walls? Suddenly, in a flash (I'm
good at such things), my mind re-
solved those squeaks—into one of the
loudest climaxes for strings in Tchai-
kovsky's "Romeo and Juliet.” That was
what it was. The inconspicuous (but
excellent) hi-fi system had not been
turned off. This was its normal back-
ground playing level, hour after hour,
probably month after month. So what
can you do?

series on Silva Hall (Oct., Nov.

Dec. 1983). | forgot to mention the
building’s architects--the non-sonic
ones. Hardy, Holzman and Pfeiffer &
Associates. Guess I'm too audio mind-
ed. They designed the visible macro-
structure. Christopher Jaffe's firm,
Jaffe Acoustics, Inc., integrated the
audio. Was Silva Number One? The
Concord Pavilion in southern California
was indeed earlier than Silva, but it is
an altogether different kind of building,
in a warm climate, and was originally
equipped only with AR, Jaffe's ERES™
being added later for a wider useful-
ness Several earlier installations might
qualify in part for First—but why quib-
ble? | still opt for Silva Hall as the all-
out, decisive example, the real First of
its Kind. My own choice. Silva does
have the first digitally controlled AR
system in this country, shortly after an
English hall. Virtually all of this pioneer-
ing is by Jaffe, Inc., to whom | again
bow.

No doubt | made some engineering
errors and would be glad for comment.
| took the risk. All in all, | see no need
for corrections to my big point, which is
the importance of this new kind of elec-
tronic architecture, so dramatically
presented in Silva. A

I made a remarkable boo-boo in my
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BEHIND THE SCENES

BERT WHYTE

DO THAT VOODOO

ne has but to look in the loud-

speaker section of Audio's An-

nual Equipment Directory issue
(Oct)) to realize how many loudspeak-
ers are on the market. If none of them
seem to suit your tastes, in the opinion
of some industry wags, “just wait 10
minutes and we will have another new
loudspeaker for your evaluation.” Ap-
parently, there is a common belief that
big bucks can be made in loudspeak-
ers—just manufacture a model that
tickles the public’s fancy and you can
start visiting Rolls-Royce showrooms.

Truth is, of course, most of the ubig-
uitous walnut boxes are of a numbing
sameness in design and performance.
Until gquite recently, what changes and
improvements were made in these
speakers were a result of empirical art,
rather than of scientific rationale.

In the last few years, black magic
has given way to arcane disciplines in
scientitic analysis and design in the
development of new loudspeakers.
Such things come to mind as laser
interferometry and laser holography
computer modeling, along with the use
of Fast Fourier and Hilbert Transforms.
And, of course, one of the most impor-
tant of the new technologies is Audio's
own Richard Heyser's Time Delay
Spectrometry and Time Energy Fre-
quency studies. There is now a dedi-
cated instrument for TDS and TEF, the
Tecron System 10, manufactured by
Crown International of Elkhart, Ind.
Gerald Stanley, head of reseach for
Crown, explained the System 10 in the
November 1983 issue of Audio.

All the foregoing is preface to the
story of the development of a remark-
able new loudspeaker. When Crown
introduced their new Tecron System 10
at the 72nd AES Convention in Ana-
heim, they made an offer that anyone
who placed an order for the unit would
be able to buy it at a special introduc-
tory price of around $10,000. (Current
production price is $14,500, which is
still a long way from the $35,000 to
$40,000 assemblage of test equipment
heretofore necessary to do TDS and
TEF studies.) One of the people who
took advantage of the offer was John
Bau, director and designer of Spica, a
small loudspeaker manufacturer in
Sante Fe, N.M. After numerous delays,
the Tecron System 10 arrived at Spica
and therein hangs a tale

—

The Spica TC-50
loudspeaker

T
plete system was linear phase— = 15
from 350 Hz to 4.2 kHz.

This is a very simplistic idea of the
very complex research John Bau did at
Spica, which resulted in the design
and fabrication of the acoustic suspen-
sion, wedge-shaped Spica TC-50
loudspeaker

The TC-50 measures 13 in. W X
157 in. H x 11% in. D. Frequency
response is rated at =3 dB from
55 Hz to 15 kHz. One watt at one
meter gives an 83 dB SPL.
Spica considers the phase

response of the TC-50 in

the midrange part of the
audio spectrum, where
the ear has maximum
sensitivity 'near

perfect.” This speaker

can handle 50 continuous
watts of program power and
100 watts peak. Impedance of the
TC-50 is 4 ohms. The wedge shape
is, of course, to ensure that the woofer
(really also a midrange unit at a cross-
over of 2.7 kHz) and the tweeter lie in

John Bau wanted to develop a small,
relatively inexpensive two-way loud-
speaker that would exhibit good phase
behavior, especially in the region from
350 Hz to 5 kHz. Working with their
Hewlett-Packard 9845 computer and
an extremely sophisticated engineer-
ing software program, plus the Tecron
System 10, Spica’s early investigations
showed that the crossover network
(really the heart of the loudspeaker
project) would not meet their criteria
using the usual Butterworth configura-
tions.

This led to an exhaustive examina-
tion of Bessel filters as an alternative
transfer function. Spica discovered
many attractive things about them, but
after much work, they did not find a
high-pass function that summed per-
fectly with a Bessel filter. However,
they did find one function that summed
perfectly up to 5 kHz and used this as
a target function when assembling
some prototype crossovers. Using
Time Delay Spectrometry, the delays
between the 6-inch cone-type dy-
namic woofer and the 1-inch dome
tweeter (with crossover optimized to
both amplitude and phase) were ad-
justed to match those of the computer
model. They found on measurement
that the phase response of the com-

the same acoustic plane for phase
coherency. The Spica TC-50 sells
for $420 per pair.

| can hear you commenting, “Okay
so what is the big deal? Those specs
are not very impressive.” On the face
of it, you're right. But conventional
specifications don't tell the story here.
Just hook up the Spica TC-50 to a
good-quality amplifier of somewhere
around 25 to 100 watts and listen. If
you react like most people, including
yours truly, you will be positively
amazed by the sound of these diminu-
tive loudspeakers. The smooth natural-
ness of the overall response is notable,
but it is the incredible imaging, front-to-
back depth, accuracy of instrument lo-
calization, and stability that is so unex-
pected—and astonishing. Here are im-
ages within the sound field that are so
realistic they are almost palpable. Try
as you may, you simply cannot isolate
sounds as specifically emanating from
the right or left loudspeaker. Instead,
we have a broad soundstage, a verita-
ble panorama of sound. Bass re-
sponse is clean and solid down to the
—3 dB point at 55 Hz and then falls off
rapidly. Depending on the amplifier
used, the speakers can achieve sur-
prisingly loud listening levels. But cau-
tion Is necessary, since there is no
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MCINTOSH .'« « IIMELESS

Like a Stradivarius

Antonio Stradivari (1644-1737) invested his violins with all the historic and

\ contemporary technical knowledge of his day, applied his own research,
\ intelligence and master craftsmanshlp to produce an instrument that
A still leads the musical world in performance capability, technology
and value. Almost 250 years later, his violins are still . . . the best.

VAN \
k\: AY Since its beginning in 1949, Mclntosh has been the technologi- |
0 cal performance,and value leader for this industry. Continuous |

¥ research and'development at McIntosh explores the virgin

terrain of new berformance and value that lies beyond the

bo\ndanes of thétechnological map described by others.

This pioneering effqrt constantly pushes:the boundaries

of existing knowledgeé:Over the years, the United States

Patent Office has granted thirty patents that certify the

- results of this innovative and explcratory research.

- ‘\ Each patent has exposed new areas of'technology

- which leads to the superior performance of a Mcin-

\ tosh and exposed new areas of effort and thqught

that is unmatched by any other research group.in
& this industry, in the world. Mcintosh is truly thes,

. technological leader and Mcintosh is dedi-

cated to continuing that leadership.

Mclintosh still . . . the BEST.

b

\

For more information:

Mclintosh Laboratory Ing. A 24
East Side Station, P.O. Box 96
Binghamton, N.Y. 13904-0096

3 Protessional Stereo Preamplifier $2299.00
ested retail price cablnet extra

NAME

ADDRESS

citfy __~ STATE___zZiP__
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Transient response of the
Spica TC-50 is remarkably
good, and, as long as the
speaker is not overdriven,
distortion is quite low.

e A T e S R T e e

protection circuitry. However, if you
should blow a speaker, John Bau says
not to worry, as replacement speakers
matched within 0.5 dB are readily
available. In fact, John tells me all TC-
50 speakers are kept to that 0.5-dB
tolerance. Transient response of the
TC-50 is remarkably good, and, as

long as the speaker is not overdriven,
distortion is quite low. The major im-
pression one immediately perceives
with these loudspeakers is their effort-
less naturalness and their sheer musi-
cality. They are among the least fatigu-
ing speakers extant.

What is the secret behind all this

The more you

know about Dual Fe

the more this

turntable will £

surprise you.

This is the new Dual 515. There’s one
reason you'll want to know more about
it. And one that will surprise you.

1. The design and engineering.
Vibrations from footsteps and acous-
tic feedback can muddy the sound
from records, cause mistracking and
even groove jumping. The sophisti-
cated suspension system of the 515
solves this problem with typical Dual
ingenuity.

The tonearm, drive system and
platter and mat are isolated from
the base by four independent shock
absorbers—with damping qualities
computer-designed to cope with all
likely conditions in the typical home.

Shock absorber (one of four)
Anti-resonance platter mat
Shock absorbing chassis
Chassis

Piatter

Four independent shock-absorbing elements, with com-
puter-calculated damping, isolate the tonearm, platter
and drive system from the turntable base, and thus from
external shock and vibrations such as those caused by
footfalls or acoustic feedback. This system, combined
with the new Dual platter mat, achieves a higher level of
isolation for the record during play.

You can easily hear the difference
this entire system makes when you
play a record on the 515. The bass
will be tighter, the highs cleaner and
missing details restored.

Now for the tonearm.

Dual's exclusive ULM (Ultra Low
Mass) tonearm and cartridge sys-
tem has only 7 grams total effective

mass. That'’s less than half that of
conventional tonearm and cartridge
combinations. ULM assures accurate,

stable tracking, especially on badly
warped records. But low mass is only
one aspect of Dual’s tonearm design.

The four-point gyroscopic gimbal
centers and balances the tonearm
where it pivots. The straight-line tone-
arm tube is made of XM300 alloy for
its extremely high rigidity and low res-
onance. Dual's system for setting
track force—a tempered, flat-wound
spring inside the pivot—maintains the
tonearm’s dynamic balance.

The belt-drive system is also pure
Dual. The belt is precision-ground to
within 1/200mm. The high-torque
motor and 12% pitch control are elec-
tronic. The illuminated strobe confirms
exact speed.

2. The price.

This is the surprise: less than $135!
(The 515 is semi-automatic; the fully
automatic 530 is less than $150.) We
think this will really surprise all those
who've been willing to pay substan-
tially more for West German design,
engineering and precision manufac-
turing. Now you have all that, plus
new and unprecedented Dual vaiue.

®

11 Elkins Road
East Brunswick, N J. 08816
USA

Adcom is exclusive U.S. disinbution agency for Qual

exemplary performance? Why, friends,
it is largely in the design of the cross-
over, which, as noted, was achieved
with the comprehensive use of the Tec-
ron System 10 Time Delay Spectrome-
try and TEF facilities, as well as the HP
9845 computer. One certainly must not
forget to give credit to John Bau, who
broke with traditional concepts of filter
design and whose new crossover has
provided such a significant advance in
sonic quality.

John telis me that current develop-
mental work will soon bring forth a new
three-way Spica and, not too far down
the line, a servo subwoofer system.

Some Spica enthusiasts have
bought two pairs of the TC-50 and
placed them on their sides, one pair
stacked on top of the other, with the
tweeters facing in, in an effort to obtain
more level and more bass. The floor
position will help in and of itself, but
there will be acoustic coupling of the
two woofers, and indeed will be an
increase in bass. John Bau states that
this positioning will upset the acoustic
geometry of the TC-50 and degrade its
imaging qualities. Nonetheless, many
people say it doesn't affect them much
and they're happy with this setup

As for myself, | have used the TC-
50s with amplifiers ranging from an 80
watt/channel Audionics, to a 200 watt/
channel Levinson ML-3, and a 200
watt/channel conrad johnson tube am-
plifier. (The latter two used with ex-
treme care!) I've combined the TC-50s
with a pair of Janis W-1 subwoofers,
which have 100-watt interface amplifi-
ers/crossover at 100 Hz. The result
was sensational—all the solid, clean
bass you could desire, down below 30
Hz, with wonderful musicality and su-
perb imaging. Using the conrad john-
son Premier One amplifier to drive the
TC-50s from 100 Hz up, there was
plenty of level, and | dared a few CDs
without disaster. With the subwoofers
and interface units nearly six times the
cost of the TC-50s, this might seem
silly, but John Bau tells me quite a few
people are doing just that with a variety
of subwoofers. Of course, it Is a darn
good reason why John is designing his
own subwoofer.

How nice to have a success story
like the Spica TC-50, especially since it

Enter No. 14 on Reader Service Card

was science, not hocus-pocus, that
won the day. yA|
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Why this is the tape that sets the standard.

JVC sets the standard for all VHS!
videotapes, no matter who makes
them.

That’s the way it has been ever since
JVC engineers originated the format for
VHS videocassette recorders.

That’s why we feel a special respon-
sibility for manufacturing our own
brand of VHS videotape at the highest
possible quality level.

For our HG and Super HG videotapes,
the process begins with a polyesterbase

film. Using a new binding system, we
coat the film with superfine magnetic
particles, which improves the packing
density of the coating. Our own unique
dispersion process makes the coating
more uniform and sharply reduces the
occurrence of drop-out.

The result is videotape that provides
a continuously stable picture, with
clear, pure colors.

Compared with JVC’s own reference
tape, our new HG tape has a 2.3 dB

higher color S/N ratio; with our new
Super HG tape, the improvement is
4.0 dB.

All three grades of JVC videotape,
including our Standard formulation,
benefit greatly from JVC's extensive
pioneering research in VHS tape-to-
head dynamics.

So no matter which grade of video-
tape you prefer, now you know how to
pick the brand that sets the standard
for all the others.

JVC ' JVC JVC JVC JVC JVC JVC JVC

JVC COMPANY OF AMERICA, Magnetic Tape Division, 41 Siater Drive, Eimwood Park, NJ 07407 JVC CANADA INC, Scarborough, Ont.
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INTRODUCING DIGITAL
ES COMPONENTS
FROM THE PEOPLE WHO
BROUGHT YOU THE

DIGITAL PLAYER,
DIGITAL DISC,
DIGITAL REVERBERATOR,

DIGITAL PROCESSOR,
DIGITAL MIXER,
DIGITAL RECORDER.,
DIGITAL EDITOR,

10
When the history of
music 1s written, the chapter
on digital will read like a
list of accomplishments from
Just one company —Sony.
And now, to meet the
stringent demands of their
digital creations, Sony engi-
neers have developed an

i \ Vi

entirely new line of high-fidel-

ity components. The ES Series.

To handle the phenom-
enal dynamic range of the
new CDP-701ES compact disc
player and PCM-701 ES dig-
ital audio processor, ES fea-
tures what Stereo Review
calls a "truly exceptional” inte-

g > A
grated amp. One that of-
fers “the highest dynamic
headroom of any amplifier
we have yet measured.”

The Sony-patented Ac-
curate Pistonic Motion
(APM) speaker design has
been engineered to han-
dle prodigious quantities of




power without distortion.
Even the tuner's Direct
Comparator has been de-
signed to complement the im-
proved FM broadcast sig-
nals that result from digital
source material.
Furthermore, because
no Innovation, no matter how

BOMNY l

1l

_oiemaL

- sony

remarkable, should force

you to discard your present
music collection, ES also
includes a LaserAmorphous”
3-head cassette deck and
linear tracking Biotracer turn-
table—these are worthy
challengers to anything on the
market today.

Enter No. 16 on Reader Service Card

To find out more infor-
mation on the Sony ES Series
and the name of your near-
est ES dealer, call Sony toll-
free at 1-800-222-SONY.

SONY.

THE LEADER IN DIGITAL AUDIO™

© 1983 Sony Corp. of America. Sony and LaserAmorphou
are trademarks of the Sony Corporation
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Announcing
the first audio tape to go from

010230 degrees
without missing abeat.

W,

The Fuji Gl is the only audio tape specifically engineered to handle
the hazards of the road.

We built the GTI to survive the icy depths of winter and the searing heat
of summer. In fact, the GTI can even withstand the harsh environmental extremes
of your dashboard. We designed the GT1 with a shock absorber to maintain good
vibrations on the toughest roads. And because you demand = 2
peak performance, we made sure the GT-I delivers the
highest fidelity, even under your car’s less than ideal
accoustical conditions.

So take the Fuji GTI for a spin. And
see how much smoother the road can be
when you drive with a tape that's built to

give you more treble and less trouble.
FUJL.

Nobody gives you better performance.

© 1984 Fuji Phato Film U.S.A., Inc., Magnetic Products Div., 350 Fifth Avenue, NY, NY 10118
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lllustrations. Philip Anderson

SPECTRUM

Music in the (Operating) Theater
There's a trend nowadays to give
local instead of general anesthesia for
some operations. With a local, reports
New Scientist, patients sutfer fewer
postoperative complications and are

not bedridden as long.

London’s Charing Cross Hospital
has added a new wrinkle—providing
lccally anesthetized patients with their
favorite music, via headphones,
during the operation. Patients are less
bored and, with the sounds of drill
and saw masked by music, less
anxious. (I find the same hoids true
for me when 'm in the dentist's chair.)

There's an effect on the surgeons,
too. According to New Scientist,
“Surgeons don't swear in front of their
patients and tend not to say 'Ooh,

IVAN BERGER

MUSIC IS A GAS

look at that" when they discover
something of great interest in the
patient.” That, too, could help ease
patients' anxieties. |

Cough-Cutting

I've done a bit of live recording
over the years, but I'd never heard of
the trick referred to in ETC's January
review of a live-performance album,
“editing a cough down to a gentie
swish,” so | called and asked
Mr. Canby about it.

How’'s it done? "“You just cut the
cough's initial attack out of the tape,”
he told me. “With that gone, no one
recognizes it as a cough, and they
don't hear it.

So far, such tricks are hard to do in
digital. But from judging the one
digital editing system I've actually

seen in use (3M's), it should by no
means be impossibie. The 3M system
lets you observe the waveforms of
both signal segments you were
splicing. It shouldn't be impossible to
display the waveform of a signal to be
moditied, manipulate it digitally
(perhaps using a light pen to redraw
it), then play back the new wave to
see how it sounds.

Do not expect to see this feature Iin
your first all-digital cassette deck
(whenever that will come). But |
wouldn't be surprised to have some
studio-equipment company call up
next week and tell me they can do it.

For Tube Freaks Only
Tucked among the other press

reieases at the Winter Consumer

Electronics Show, | found one on a

telephone answering machine which
might be of interest. Aimed at “the
serious music lover concerned for the
image he or she projects” and "the
audicphile distressed by the
harshness and opacity of . . . solid-
state,” it featured all-vacuum-tube
electronics, minimal feedback, and
premium capacitors and resistors. It
also used Philips cassettes at twice
normal speed, a ribbon microphone
for user announcements, and an
acoustic-suspension speaker for
message playback.

There were, however, a few
catches: For one thing, the price was
a rich $3,000. And the company
name (Fornix) and phone number (a
555- exchange) proclaimed it all as a
gag. A pity . .. | guess.

| Miss My Maggie

Bert Whyte's November
reminiscences about his early
connections with Magnecord and
binaural recording gave me some
nostalgia, too. My first tape deck was
a Magnecord PT-6, back in my
coliege days. It was verging on the
antique by then, of course, and was a
literal basket case when 1 got it:

The previous owner had taken it apart
and couldn't get it back together.
(You could build about three modern
tape decks from the number of shafts
and idler wheels in that transport.) |
swapped an Eico HFT-90 tuner for it,
one that | had built from a $40 kit and
added a Lafayette tuning meter to. |
sent off for the Sams PhotoFact
service manual, and my mechanically
minded roommate reassembled it
from the exploded views.

Lying around the basement of my
college radio station, | found a pair of
extensions for use with 10z-inch
reels. They bolted to the ends of the
transport's front plate, and were
powered by rubber belts to the
normal reel hubs. | also found one of
the staggered-gap binaural head
assemblies, and mounted that in
place of my separate record/play and
erase heads—not to get stereo, but to
get haif-track heads, to cut my tape
costs. | got some good tapes, too—
noisy, but otherwise not bad
including some of Bob Dylan before
his first record came out, and Buffy
Sainte-Marie before she got her
vibrato

Most of the noise came from the
5879 tube in the preamp. | cut that
down some by hand-selecting my
way through all the 5879s in a friend's
repair shop, but there was still too
much. When my Maggie died, |
bought a maverick machine, the
Premier Tapesonic, which | still have.
But | still miss that Maggie.

Chuff ... Chuff . .. Chuff

| guess it's now official that
videocassette recorders have entered
the mainstream of hi-fi. At Aiwa’'s
press conference last December for
its new Beta Hi-Fi VCR, one of the
demo tapes gave me a shot of
nostalgia: It included that traditional
hi-fi hallmark, steam locomotives.
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As a spokesman for the
Kahn system pointed out,
AM stereo is progressing at
a faster rate than

FM stereo (or color TV) did.

Button, Button

in multilingual Europe, they tend to
label controls with symbols rather
than words. Sometimes, the symbols
can be puzzling to the uninitiated,
though. Years ago, | noticed a button
with a scissors symbol on a Studer
studio tape deck. Curious, | pressed

ii=»

L

it—and a V-shaped blade shot up
and cut the tape at a 45° angle! | was
alone in the room at the time, so there
was no witness to my shame-—and no
one to pass the buck to.

Last year, on a visit to the factory
which Thorens shares with studio-
turntable maker EMT, | noticed a
button with a counterclockwise arrow.
This time, | asked before pressing.
Turns out it's for back-cueing: Press
it, and the turntable rotates backward
for a bit. The back-rotation distance is
calibrated so that when you start up
forward again, the platter will have
just come up to speed when that
point passes the stylus again.

Having done my time in broadcast
studios, | can appreciate that. We
used to slip the record back by hand
on a felt turntable mat, hold the
record’s edge still while the table
came to speed, then let go of the
record when we'd finished
announcing it. EMT's way is more
elegant and impressive, if maybe not
so much fun.

Reduction Recognition

Aiwa's new AD-F990 cassette deck
has every auto feature we'd ever
heard of, plus one we hadn't—Auto
Noise Reduction Detection. It detects
whether a cassette was recorded with
Dolby B, Dolby C or no noise
reduction at all, even if you switched
in the middle. It sounded like magic,
so we checked. What the system
actually senses is not the noise
reduction per se but a coded signal
laid down on the tape by the F990.
So, magic it's not—but a handy idea,
nonetheless. It would be great if this
became a universal system, used
(with identical encoding) by all
manufacturers, but considering how
competitive they are, that would be magic.

AM Flashes

The road to AM stereo does not run
smooth. Broadcasters aren't eager to
invest in AM stereo broadcasting
systems when they don't know what
system the receiver makers will
adopt; receiver makers aren't eager
till they find out what system the
broadcasters will use. There are some
straws in the wind, all blowing in
different directions:

Sansui will soon have its FM/AM-
stereo tuner, the TU-S77AMX, which
receives all the systems automatically.
It will cost $390—3$40 more than the
equivalent model (TU-S77X) with only
monophonic AM. Their car-stereo unit
with stereo AM is the CX-990, for
$519.

Sony’s SRF-A10C0 portable ($90),
which receives most systems
automatically (for the Kahn system,
you must flick a switch), has been on
sale since last July; some AM-stereo
stations are giving it away for
promotional purposes. A Walkman-
type Sony portable has just
appeared.

According to John Strom of Sony,
“Almost every AM station | speak to

has either gone stereo, is going in the
next three months, or is on the fence.
The only exceptions are non-AM
stations, or those with all-talk or
nostalgia formats.” Since John told
me this in early October, readers
should, by now, be able to evaluate
that “next three months” prediction for
themselves.

Harris, whose system was reputedly
most favored by broadcasters (71
stations had already purchased it),
ran into problems with the FCC due to
an unauthorized change in its
equipment, so stations using the
Harris system had to shut it off for a
few months. In January, though, the
revised system was approved.

WQXR has become the first
classical AM station to go stereo, and
the second station in the New York
area to do so (pop station WNBC was
first). Both New York stations use the
Kahn system.

Though the Motorola system was
picked earlier by GM's Delco radio
division, this did not ensure that any
GM car would offer it; the individual
car divisions are free to take what
they like from Delco. Buick, however,

will make the Delco AM-stereo radios
available in selected 1984 models. If
this catches on, other divisions are
likely to join in later.

Chrysler, meanwhile, has
announced that it, too, will offer
Motorola-system AM stereo in '84
models. These Mopar radios will be
buift in Chrysler's own Huntsville, Ala.,
plant.

These developments make it likely
that the Motorola system will win
out—the more so should Ford join
them, making it universal among the
Big Three.

On the other hand, there is the
broadcast side still to consider. As of
January, the numbers of stations
using the systems were, in
alphabetical order: Harris, 75 on the
air out of 94 shipped; Kahn, 84
shipped to 82 stations ("But we're
getting the big stations,” Kahn says,
“10.7% of the AM audience™);
Magnavox, six U.S. stations, and
Motorola, about 75 stations.

Kahn also points out that, despite
the confusion, AM stereo is
progressing at a faster rate than FM
stereo (or color TV) did.
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Todays Chevrolet
Cavalier’s going
like never before.
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Chevrolet Cavalier. Cavalier
sales are up over 100% * It's easy
to see why. Front-wheel-drive
Cavalier gives you some of the
most advanced design and engi-
neering you'll find today.

More power than the lead-
ing imports. Cavaliers 2.0 Liter,
high-compression, electronically
fuel-injected engine cranks out
more horsepower than Honda
Accord, Nissan Sentra and Toyota
Tercel. And Computer Command
Control is designed to help keep
your powerplant running at its
peak.

New Type 10 Coupe. Black-out
trim, dual-outlet exhaust and avail-
able F41 Sport Suspension help
make the Type 10 a quick, nimble,
fun-to-drive car.

Going, going, gone. Compare
Chevy Cavaliers price to the
imports. Then compare value.
Cavalier Sedan, Coupe, Hatch-
back and Wagon. Drive one today
and see for yourself why Cavalier’s
going like never before.

Today’s Chevrolet. Bringing you
the cars and trucks you want and
need. That's what Taking Charge is
all about.

*Based on a comparison of January-July, 1983,
sales versus the same period last year.

Some Chevrolets are equipped with engines
produced by other GM divisions, subsidiaries,
or affiliated companies worldwide. See your
dealer for details.

OFFICIAL U.S.
CARS AND TRUCKS
OF THE XIV
OLYMPIC WINTER
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SOUND REINFORGEME

GLEN BALLOU

Scarcely anything is more embarrassing to a hi-fi buft
than setting up a sound system for a large meeting
and having people complain that the sound is too soft,
too loud or can’t be understood. This primar of basic
concepts tells how systems for big halls operate.

There is an expression, “Among
the blind, the one-eyed is King.”
When it comes to installing a
temporary P.A. system or background-
music system for a club or church
meeting, audio buffs often fall into the
category of the one-eyed. Since we
audiophiles are considered connois-
seurs of music and sound quality, any
system we are asked to install is ex-
pected to be perfect—that is, toud,
clear, with good dispersion, of hi-fi
quality, and all those things we have in
our home stereo.

Achieving high fidelity in a home ster-
eo and in a sound reinforcement sys-
tem are very different tasks, however,
so we must think in different parame-
ters for each. Table | shows various
parameters and how they differ be-
tween the home stereo system and the
sound reinforcement system.

What do these numbers and sym-
bols mean? Let's go through them, de-
fining them and how they affect sound:

Room dimensions determine room
volume, surface areas, and shape. The
shape of a room can enhance sound
or can be detrimental. Square rooms,
or rooms that have dimensions which
are multiples of their other dimensions,
can have large standing waves. These
waves can either cancel or boost cer-
tain frequencies.

Room volume has many effects on

sound. Large volume means:

® Long distances from the loud- |

speaker to the farthest listener;

e Normally higher reverberation
times (RTso),

® More power required for ade-
quate Sound Pressure Level (SPL) at
the farthest listener;

e Both wide-dispersion and high-Q
loudspeakers may be required;

e Absorption of high frequencies by
the air, and

e Multiple echoes and far reflec-
tions.

Surface area and absorption coeffi-
cient ("a”) of walls, floors and ceilings

make the difference between indoor |

and outcoor sound systems. Outdoors,
the sound from a source attenuates
about 6 dB per doubling of distance.
Since thare are no reflective surfaces
outside (except the ground), the sound
appears to come from the sound
source and has the same tonal quality
everywhere within the source's cover-
age paftern. The main differences
heard are varying SPL and attenuation
of high frequencies with distance and
dispersion.

In an enclosed area, sound ema-

nates from the source, hits surface ar-
eas, and reflects back into the audi-
ence area. The amount of refiection is
dependent on the reflective character-
istics of the surfaces. Surfaces are nor-
mally considered as absorbers, with
the amount of absorption, in percent,
equaling the absorption coefficient of
the su-face. For instance, the assem-
bly-hall wall in Table | has an "a" of
0.07. Theiefore, when a sound hits that
wall, 7% is abscrbad, while 33% is
reflected. The halls acoustical tile ceil-
ing, with its “a" of 0.75, absorbs 75%
of the signal hitting it, and only 25% of
the sound is reflected back into the
room. If the reflecting surface is close
to the scurce, tne reflection usually
aids the system. However, if the re-
flecting surface is more than 45 mS
{(about 43 feet} from the source, it adds

Y
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NT FOR THE AMATEUR

noise rather than informaticn. If there
are enough reflecting surfaces more
than 45 mS from the source, the indi-
rect or reverberant sound increases,
while the direct sound from the source
continues to decrease at a rate of 6 dB
per doubling of distance.

In the living room, the reflecting sur-
faces, the listener and the loudspeak-
ers are close together, and the direct
sound is almost always louder than the
reverberant sound. in the seating area
of the hall, however, reflected or rever-
berant sound is usually greater than
direct sound, reducing intelligibility.
This is because the audience is usually
seated beyond the “critical distance”
{D.), where direct and reverberant
sound levels are equal.

Reverberation time (RTgg) is the time
required for a sound to diminish 60 dB,

or to one-millionth of its initial level (see
Appendix).

RTso can be shortened three ways:
Decreasing volume, increasing sur-
face area, or increasing “a.” In the
assembly hall of Table I, for instance,
the high "a" of the acoustical tile ceil-
ing reduced the RTgy from 4.98 to 1.09
S. Reducing RTsq usually improves in-
telligibility in large rooms.

Living rooms, because of their size
and absorbing materials (carpets, cur-
tains, furniture and walls), usually have
a short RTgo—s0 short, in fact, that a
reverberant field is not set up. The
measurement is somewhat meaning-
less in this context. Assembly halls are
often very hard, as they have hard
floors, ceilings, walls and furniture.
These increase the RTgy often way
above ideal.

¢

-
4

| where the direct and

8 | Dol

.

Wy

L

“Sa” (surface area X absorption co-
efficient) reduces the amount of re-
flecting or reverberant sound as it is
increased. An "a"” of 1 is equivalent to
an open window, while a hard surface
(smooth steel) is equivalent to an “a" of
0.01 or less. A completely hard room
(all surfaces "a" = 0.01) would be very
reverberant and, with the proper vol-
ume and non-parallel walls, could be
considered a reverberation chamber.
If the room had an "a” of 0.99. it could
be considered an anechoic chamber
where all sound would be absorbed.
Increasing Sa (by increasing surface
area and/or absorption coefficient) will
decrease the RTgq (reverberation time)
of the room. The "a" of materials is
always frequency-dependent, often
being the greatest in the range of 1.5
to 4 kHz.

Critical distance (D.) is the distance
from the sound source (loudspeaker)
reverberant
sound levels are equai. Direct sound
from the loudspeaker attenuates at a
rate of 6 dB per doubling of distance. If
we use 4 feet as the 0-dB reference
then attenuation with distance is as fol-

| lows: 8 feet, 6 dB: 16 feet, 12 dB; 32
| feet, 18 dB: 64 feet, 24 dB; and 128
feet. 30 dB.

Beyond critical distance, direct

» sound continues to attenuate at 6 dB

per doubling of distance. Reverberant

Photos courtesy of Electro-Voice
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The rules which apply to sound systems in a living room
have relatively little application to speaker systems in
assembly halls.

Fig. 1—Speaker Q is increased by stacking, as in this system in St. John

Neumann Church, Irvine, Cal. More horns, stacked along the same axis and
firing in the same direction, would further increase Q.

sound, however, has now built up to
the level of the direct sound. Reverber-
ant sound, by definition, is diffuse, ran-
dom, and therefore approximately the
same level everywhere past D.. So, as
the direct sound gets weaker, the re-
verberant sound takes over until the
direct sound is so small that it is
masked by the reverberant sound, and
intelligibility ceases.

Most living rooms never have a true
critical distance, because their RTgg IS
short (less than 1.6 S). This type of
room is considered quasi-diffuse, and
beyond D, attenuates at 2 to 3 dB per
doubling of distance.

A short D, in a living room is advan-
tageous, because more listeners are
seated in the reverberant field and,
therefore, hear the sound more nearly
alike. Since living-room absorption is
usually controlled by rugs, curtains
and furniture, a short D, must be con-
trolled by the audiophile’s purchasing
a relatively low-Q (non-directional)
loudspeaker.

When the loudspeaker is going to be
used for reinforcement in an assembly
hall, a longer D is required. First, a
long D. aliows maximum attenuation
between loudspeaker and micro-
phone, reducing feedback. Second, it
increases the distance over which
sound can be projected with clarity

Again, the room volume and RTg
have been fixed by the architect's de-
sign. Therefore, increased D. must be
obtained by increasing loudspeaker Q.

Loudspeaker Q is a measure of the

loudspeaker's directivity. As the room
becomes larger and more reverberant,
the loudspeaker Q2 must increase so
the articulation will remain adequate.
One can categorize Q into three
groups: Low Q (less than 3), medium
Q (3 to 10), and high Q (above 10). A
loudspeaker with an omnidirectional
coverage pattern (sound is dispersed
evenly throughout an entire sphere)
has a Q of 1.

If the loudspeaker had a perfectly
hemispherical coverage pattern, its Q
would be 2. In other words, with the
same power into each of two loud-
speakers of equal sensitivity, the one
with a Q of 2 would produce 3 dB more
sound on its axis than the loudspeaker
with a Q of 1. (Efficiency is frequently
thought of as interchangeable with
sensitivity, but in sound reinforcement
terms, efficiency is actually calculated
from both sensitivity and Q, and thus is
not a direct measurement.) If the loud-
speaker covered an area of exactly 40°
x 90° its Q would be 12.86 (see Ap-
pendix) and would produce 11 dB
more power on axis than the loud-
speaker with the Q of 1. Unfortunately,
loudspeaker Qs are always less than
ideal, due to lobing and diffraction, so
a loudspeaker with a specified pattern
of 40° x 90° would probably have a Q
nearer to 7. This loudspeaker would
have an SPL 8.5 dB greater than the
loudspeaker with a Q of 1. While this
may not sound like much, it means a 7-
to-1 reduction in required amplifier
power.

Loudspeaker Q also varies with fre-
quency. Low-frequency radiation is
normally quite omnidirectional, be-
cause the wavelength is long com-
pared to the surface area of the loud-
speaker enclosure. As the frequency
increases, the wavelength decreases,
untit it is short compared to the surface
area of the loudspeaker. Therefore, as
frequency increases, Q increases. An
increase in Q means a narrowing of
coverage pattern or an increase in
loudspeaker beaming. A disadvantage
of beaming is a hot spot on-axis and
poor high-frequency coverage off axis.

Loudspeaker Q has several effects
on the sound system:

e High Q increases critical distance
(De) which, In a home system, would

- make the listener sit in the direct sound

field. A high-Q speaker often sounds
dry, with variations in response and
loudness throughout the room. In the
reinforcement system, a speaker with
high Q means higher articulation at the
most remote listener.

® High Q narrows the coverage pat-
tern. On the plus side, this can reduce
reflections off walls and ceilings. On
the minus side, it can mean poor cov-
erage in the audience area. In both the
home system and the reinforcement
system, high-Q loudspeakers will
cause some areas to be very hot, while
other areas will be very dull from a lack
of high frequencies.

e High Q usually requires large
loudspeaker arrays in a sound rein-
forcement system (Fig. 1). In a home
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The concept of “critical distance,” at which the level of
reverberant sound equals the level of direct sound, doesn’t

apply in the living room.

Table I—Typical values for various parameters affecting
sound systems in a home listening room and an assembly hall.

Home
1. Typical Room Dimensions
2. Room Volume

18" x 15" x 9’
2430 cubic ft.

Assembly Hall
60" x 40" x 20’
48,000 cubic ft.

3. Surface Area & "“a" Sqg. Ft. ‘a Sqg. Ft “a"
Walls 594 006 4000 007
Ceiling 270 0.05 2400 0.75%
2400 0.051t
Floor 270 0.55 2400 0.03
Total 1134 8800
4 RTy Empty, 0.6 S Empty: 109 St, 498 Stt
4 People, 0.56 S 80 People: 0.95 St,
2.97 Stt
5 Sa Empty, 197.64 Empty: 21511, 472+t
4 People, 213.64 80 People: 2472t, 792+
6. D Empty, 4 44 f. Empty: 14 64 ft 1,
6.85 ft.11
4 People, 4.6 ft. 80 People: 15.69 ft.1,
8.87 ft.tt
7. Loudspeaker Q 5 5
8 Dim Empty, not applicable Empty: 46.26 ft. 1,
21.65 ft+7
80 People. 49.58 ft.1,
28.03 ft.t1
9. Dymax Empty, not applicable Empty: Any distancet
13 ft.+1
4 People, not applicable 80 People: Any distancet,
22.42 ft1t
10. D, 13 ft. 55 ft.

11, %ALoone

12. S/N Ratio 10 dB
13. Power Required 131 watts
14. NOM 0

1t = Acoustical tile ceiling
+

Tt = Hard ceiling

Empty, 3.2%

Empty: 9.8%t, 44.8%t7

80 People: 8.55%t,
26.7%1t

1510 25 dB

955 watts

See text

O
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Fig. 2—Loudspeaker stacking.

uration (Fig. 2). Also, installing the
loudspeakers against a wall or in a
corner increases Q, particularly at the
low frequencies.

Installing a loudspeaker on each
side of the stage area actually reduces
the effective Q for seats on the sides of

/ AN / \
/ AN /
4 N 7 \
\
ﬂ—N:Z/\ //\N=2/
\ 4 \\/
4 \
7 N\
A

Fig. 3—Effects of “N.”

system, it can be produced by mistake
(for example, by poorly designed cone
or dome loudspeakers).

e Low Q can usually be tolerated in
the home stereo system, because peo-
ple usually do not sit in front of their
loudspeakers to critically listen to true
stereophonic reproduction. If they did,
they probably would demand loud-
speakers with a Q of at least 8 and
proper (corner) placement. For just
eagy listening and background music,
low-Q loudspeakers would produce
more even coverage throughout the
living area.

In the reinforcement system, low Q
usually will reduce articulation be-
cause it shortens D.. If the entire audi-
ence area were walked with a real-time
analyzer, the coverage would probably
appear even in level and response.
Unfortunately, what is even is not nec-
essarily the direct articulate sound but
reverberant sound which, after Domax
(the maximum distance for reasonable
articulation), is often only mud and
noise.

One of the simplest ways to increase
the Q of the loudspeaker array is to use
two loudspeakers in a stacked config-

the room (Fig. 3). In the formula for D,
(see Appendix), | use the term "N,

which is the number of loudspeaker
groups. In practice, this is a ratio be-
tween the number of speakers which
can be heard as actually producing
direct sound to a given listener and the
total number of speakers. For instance,
in a distributed, ceiling loudspeaker
system, anywhere from one to five
speakers might be producing direct
sound to a listener. If five speakers
produced direct sound, and there is a
total of 35 speakers in the ceiling, "N

would be 7 and would have the effect
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Loudspeaker Q varies with frequency, affecting coverage
angles and the articulation at distances far from the

of reducing D. by 62%. When installing
a loudspeaker on each side of the
stage, "N’ becomes 2; therefore, ef-
fective Q is reduced 50%, which re-
duces D. and Dy 30%.

Limiting distance (D ) is defined as
3.16 x D. and is the maximum dis-
tance where articulation remains ade-
quate in a room with an RTg,0f 1.6 S.
Below 1.6 S. D, does not apply, as
articulation will remain adeqguate at any
distance, as long as the signal-to-noise
ratio remains adequate.

Maximum projected distance (Dzpmax)
is the distance over which sound can
be projected with reasonable articula-
tion. When RTg is about 1.6 S, Domax
should not exceed Dy, or 3.16 X D..
When RTgg is short, as in the average
home, articulation will remain good as
long as the signal-to-noise ratio re-
mains adequate. This is obvious, as
communication is possible between
rooms or even between floors in the
average home.

As the RTg, time increases beyond
1.6 S, which is often the case In as-
sembly halls, Dzmax Shortens to a condi-
tion where, at RTgy = 4.5 S, Donax DE-
comes 062 x Dy . In our example,
the empty room with the acoustical tile
ceiling will have good articulation
throughout, while without the tile, artic-
ulation wouid only be good to 13 feet
from the loudspeaker.

Distance between the loudspeaker
and the farthest listener (D,) should
always be less than Dyyay If this can-
not be achieved by placing the loud-
speakers on the stage, they should be
moved closer to the audience or actu-
ally placed in the audience area. This
requires consideration of time delay;
however, in the assembly hall of our
example, time delay wil! not be a prob-
fem. It starts to become a problem
when the distance between sound
sources begins to exceed 45 feet.

The percentage articulation 10ss oOf
consonants (%AL.,s) determines
whether or not the sound system will
be clear enough to understand easily.
A maximum %Al ... of 15 is used for
most sound system designs since it
was determined by Peutz and Klein
that 15% articulation loss is tolerable
unless the talker is very poor or the
listener has a bad hearing defect. To
keep the %Al o lOW, we can either
vary D, by proper placement of the

speaker.

Fig. 4—The effect of =
signal-to-noise ratio on N
system articulation,

%ALcons, at the limiting

distance, D.

loudspeaker or vary Q by stacking,
etc. Also, we should be sure the loud-
speakers are aimed at the audience,
not at the back wall or ceiling. If a
majority of the sound hits the audience,
which absorbs sound, "m” (the ratio of
the absorption coefficient where the
speakers are aimed to the room’s aver-
age absorption) is increased, and ar-
ticulation is therefore improved. Finally,
we should keep “N" as small as possi-
ble, preferably 1

As can be seen, our assembily hall,
with all hard surfaces and an RTgg of
2.97 S with 80 people present, would
never reach an Al ., 0f 15% unless a
loudspeaker system with a Q of 24
were available, which would usually re-
quire a large array. Under these condi-
tions, the audiophile will be much bet-
ter off just looking at the room, turn-
ing around and going home, rather
than trying to overcome the laws of
nature.

Signal-to-noise ratio is an important
consideration, not only for good articu-
lation, but also for low listener fatigue.
Since the living room is usually quiet
and its RTgg is low, the S/N can be as
low as 10 dB. Volume, therefore, is

usually adjusted for listener prefer-
ence, not for a proper S/N.

In the assembly hall, S/N is impor-
tant, because the RTg, and the noise
level are usually higher. Figure 4 gives
the required S/N ratios for various RTgg
environments. It is important that the
noise be kept as low as possible so the
signal will not have to be excessive.
High noise means high signal require-
ment, which translates to more chance
of feedback, ioudspeaker failure, insuf-
ficient power, and higher reverberant
noise.

Power requirement is an important
consideration when using home stereo
loudspeakers for sound reinforcement
N an assembly hali. Most home toud-
speakers have low efficiency and
therefore require high power to drive
them to acceptable leveis.

In the living room, where projection
distances are smali, low-efficiency
loudspeakers and high-power amplifi-
ers are adequate. For instance, with a
D. of 4.6 feet and a quasi-diffuse or
reverberant room, we can assume the
signal will be down about 4.5 dB from
the 4-foot reference point at the 13-foot
seating position. If the loudspeaker
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Another useful concept is limiting distance, which is the
maximum distance where loudspeaker articulation remains

adequate.

with a 1-watt input, then the same 1-
watt input would produce an SPL of
77.5 dB SPL at 13 feet. Doubling the
power increases the SPL by 3 dB, so,
to produce a peak SPL of 100 dB at 13
feet, a 131-watt amplifier would be re-
quired. Because of the crest factor, or
the fact that music signals are not sine
waves, the average SPL would only be
90 dB when the peaks reach 100 dB. If
the same signal were coming out of
both stereo channels, which might or
might not be the case, the total peak
SPL would be 103 dB, and the peak
amplifier power would be 131 watts
per channel.

If we used the same loudspeaker in
the assembly hall with the acoustical
tile ceiling and 80 people, we would
require over 7 dB more power than in
the living room, or 955 watts to pro-
duce 103 dB peak SPL. While it is
possible but not practical to find an
amplifier with 900 watts of output pow-
er, the loudspeakers wiil not withstand
the power and would self-destruct.

In the same hall, an efficient loud-
speaker with a sensitivity of 97 dB SPL
at 4 feet for 1 watt, as is used in the-
aters and in professional installations,
would only require 30 watts of power to
produce a peak SPL of 100 dB. While
low-efficiency loudspeakers are ade-
quate for home use with today’'s high-
power amplifiers, they can be com-
pletely unsatisfactory for sound rein-
forcement.

Number of open microphones
(NOM) affects the gain before feed-
back. Each time the number of open
microphones is doubled, the gain is
reduced 6 dB; therefore, all unused
microphones should be turned off. To
avoid feedback while keeping system
gain the same with two microphones
as with one, the talker would have to
be 30% closer to the microphones—
with four mikes, 50%. (NOM is not
shown in our comparison table, as it is
not a factor in the home, where there
usually are no open microphones.)

Conclusions

What does all this mean? When put-
ting in a temporary sound reinforce-
ment system be aware of the problems
you can come up against and, just as
important, know which problems you
can correct and when you should walk

has a sensitivity of 82 dB SPL at 4 feet

away from the whole thing. Some sim-
ple rules to follow are:

e Aim the loudspeakers at the audi-
ence.

e Try to aim the speakers so that
only the audience area, not the walls,
ceiling and space above the audi-
ence’s head, is covered.

e Keep the distance between the
loudspeaker and the microphone
greater than D..

e Hang the loudspeaker above the
stage so it will not blast the front rows;
this will also improve naturalness.

e Use efficient loudspeakers when-
ever possible.

e Never try to obtain frequency re-
sponse from d.c. to infinity. Roll off the
high and low frequencies which cause
amplifier and loudspeaker failure and
reduce articulation.

e Keep the distance between the

talker and the microphone about 6
inches.

e Use as few microphones as possi-
ble.

e Do not split the foudspeakers on
each side of the stage.

e Keep the furthest listener in the
audience as close to the loudspeaker
as possible.

There is no such thing as luck when
nstalling a sound system: All system
parameters can be calculated and re-
sults guaranteed before the system is
instalied. Any audiophile planning to
install a sound reinforcement system
should enroll in an audio seminar such
as those run by Syn-Aud-Con and
should read Sound System Engineer-
ing by Don and Carolyn Davis, who
operate Syn-Aud-Con. Their address is
P.O. Box 1115, San Juan Capistrano,
Cal. 92693. A4

APPENDIX

1. RTGO =
tion).

2. Qs the Directivity Factor of a foud-
speaker system.

0.049 V/Sa (Sabine equa-

Qrectangular -

180/arc sin [(sin {8/2}) (sin {d/2})]

Qeonica = 2/(1 ~ cos {9‘2})
where 8 is the horizontal coverage pat-
tern and & is the vertical coverage pat-
tern. Theoretical Q is calculated with
no vanation in SPL within the coverage
pattern. It is impossible to achieve, and
all manufacturers use actual Q, which
has no variation in SPL on-axis but is
-5 dB at the edge of the coverage
pattern. A good approximation for ac-
tual Q is the theoretical Q/2.25 The
new constant-directivity horns have an
actual Q close to Theoretical Q

3. D.is Critical Distance and is equal
to

0.03121 /QV/RTgg or 0.141

4. D is the Limiting Distance and is
eqgual to 3.16 D.. Actual distance for
15% articulation loss is dependent on
RTgo and S/N. Assuming an S/N of 25
dB, Dhaxequals Dy where RTgp is 1.6
seconds

5 D, is the maximum distance be-
tween loudspeaker and listener.

QSa

6. %ALcons = (656 Do? RTeo” N)/(VQM)

where N equals the number of groups
of loudspeakers, M is the ratio of “a” in
the coverage pattern of the speaker to
the “a" of the room (normaily, you
should assume that both N and M are
1), and D, equals Dmpax. When D5 is
greater than Dy, %ALcons will equal 9
RTeo-

7. AD, or relative attenuation Iin dB
equals

Q 4
10 log (47T(Dx)2 + ﬁ)

where AD, is the relative attenuation in
dB, D, is the attenuation distance. R is
the room constant, and Q is the direc-
tivity factor.

8. Electrical power required, in watts,
equals

10(‘, 1{SPL desired + 10 dB crest +(AD2 — A4 sens)

where AD, eqguals the distance from
loudspeaker to furthest listener con-
verted to relative loss in dB, A4’ equals
12 dB, and L., equals loudspeaker
sensitivity in dB at 4 feet with 1-watt
nput power.
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Performance-Check
Your Amp and Preamp

M. J. SALVATI

PARTII

Maximum Output Power, Power Bandwidth,
Damping Factor, Preamp Maximum Input and
Output Voltage, Crosstalk and Separation

ast month we showed how to
I check some amplifier specs us-

ing just an audio generator, a.c.
voltmeter, and a few homemade ac-
cessories. Most of the performance
checks discussed this month require
another item of test equipment, an os-
cilloscope. Before you start screaming,
let me say that brand-new, dual-trace
triggered-sweep 'scopes are available
for below $600 (Soltec 515-2, Kikusui
5020, and Iwatsu 5702), and an old
Heathkit or Eico recurrent-sweep
'scope can probably be obtained for
around $100. If even that is too steep
for your aching wallet, a device can be
built for under $10 that will serve as an
oscilloscope substitute in the following
measurement procedures.

That device, shown in Fig. 1, is es-
sentially a peak rectifier which serves
as a clipping indicator in conjunction
with an ordinary d.c. voltmeter. Its op-
erating premise is that when clipping
occurs, the peak voltage (as indicated
on the d.c. voltmeter) will not increase
further as the input signal to the ampli-
fier is increased. The only drawback is
that a few amplifiers don't clip cleanly,
so their peak output voltages will in-
crease a little even when they are clip-
ping. Obviously, $10 won't buy you the
world.

To use the clipping indicator, con-
nect a d.c. voltmeter having a range of
0 to 5 V to the output of the clipping
device. (If your voltmeter doesn't have
this particular range, a range of 0 to 3
or 0to 2.5 V will do.) Your next step is
to connect the input terminals of the
clipping device as directed whenever
an oscilloscope is called for in the
measurement procedures. Use the in-
dicator's “Range” switch to keep the
meter indication on scale; use the “Po-
larity” switch to check if clipping s
non-symmetrical (i.e., clips in one di-
rection before the other).

Maximum Output Power

This measurement procedure is not
the one normally used for determining
power output. Most power output mea-
surements, including those mandated
by the FTC and IHF, use the amplifier's
rated distortion as the standard
against which maximum power or volt-
age output is determined. Since good
distortion analyzers are costly and
specialized pieces of equipment, it is
unlikely that many readers will have
access to one. So, in keeping with the
“simple equipment” premise of this se-
ries of articles, our maximum output
measurements are limited to what the
IHF calis "clipping power.” In this mea-

surement, the determinant for maxi-
mum output is the point at which clip-
ping occurs. This is a fairly good meth-
od on modern transistorized amplifiers,
since, according to Ed Foster, “today's
amplifiers enter the clipping region
very abruptly, and the difference in
power capability as measured at some
arbitrary percentage of distortion and
that at clipping is negligible” ("New
iIHF Amp Standard,” Audio, June
1978).

Equipment Needed. A signal gener-
ator, a.c. voltmeter, load resistors, and
oscilloscope (or equivalent) are need-
ed for maximum power output mea-
surements. The signal generator and
a.c. voltmeter must cover at least 20
Hz to 20 kHz. The voltmeter's accuracy
should be no worse than 3% over this
frequency range.

The load resistors must be capable
of dissipating the full rated power out-
put of the amplifier under test. This
means large wire-wound resistors of
better than 5% tolerance. You will need
at least two 8-ohm resistors. If any of
your power amplifiers are specified at
4 ohms, obtain four 8-ohm resistors.
These can be parallel-connected as 4-
ohm pairs, or all four can be used
singly for 4-channel amplifiers. Ideally,
the load resistors should be non-induc-
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Nearly any oscilloscope
ever made will do for
power measurements, as
it’s used here only to
indicate when clipping
occurs.

_— ———————

ALL RESISTORS 10%, 1/4-WATT CARBON control at minimum, and its balance

10k 1%

IC= LF353 OR TLO72
OR TLO82
-9V

Fig. 1—This clipping indicator can be
used, in conjunction with a d.c.
voltmeter, as an oscilloscope
substitute in the measurements for

m
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Y~CONNECTOR

INSI4/
IN4148

D.C.
maximum power output, power

bandwidth, damping factor, and
preamp maximum output voltage.

Fig. 2—High-power load bank for
2-channel amplifier. Dashed lines
show extra parts required for
4-channel or 4-ohm amplifiers.
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Fig. 3—Equipment setup for
measuring maximum power output
and power bandwidth.

tive at all measurement frequencies.
Such resistors are available from Dale
(NH250) and RCL (ALN-250) in the
250-watt size; these must be mounted
on a large sheet of Ys-inch-thick alumi-
num for heat-sinking (see Fig. 2). How-
ever, since these resistors are expen-
sive and not stocked in retail stores,
you will probably have to use whatever
surptus bargains you can find. In all
probability they will work satisfactorily,
since low-resistance, high-power resis-
tors are nowhere near as inductive as
loudspeakers. Furthermore, the IHF
now specifies a reactive load for some
power measurements.

Nearly any oscilloscope ever made
will suffice for this procedure, as its
only purpose is to indicate when clip-
ping occurs. If you don't have access
to a 'scope, build the clipping indicator
described above, and use it whenever
a 'scope is called for.

Basic Measurement Procedure. To
measure maximum power output, pro-
ceed as follows:

1. Turn on all equipment (Fig. 3)
and allow a few minutes warmup.

2. Set any filters, equalizers, and
tone, boost or loudness controls on the
amplifier to their flat-response posi-
tions. Set the amplifier’s volume or gain

+9V UNLESS OTHERWISE SPECIFIED control for equa] OUtpUtS.
3. Setthe generator frequency to 1
005 uF = kHz. If measuring anything other than a

separate power amplifier, set the gen-
erator output level to 0.5 V. If measur-
ing a separate power amplifier, set its
level control (if any) to maximum, and
the generator output fevel to minimum.

4. Connect the generator output to
a high-level input (AUX, tuner, or tape)
of each channel. Both right and left
channels of a stereo amplifier must be
driven; all four channels of a 4-channel
amplifier must be driven. Set the ampli-
fier's mode or function switch to match
the input selected.

5. Connect appropriate high-pow-
er load resistors to the speaker termi-
nals of each channel. Connect the a.c.
voltmeter and oscilloscope to the load
resistors of the channel you wish to
measure.

6. Set the a.c. voltmeter range
switch to a range appropriate for the
amplifier's rated power. (Use the data
in Table | for power-to-voltage conver-
sions.)

7. For power amplifiers, turn up the
generator output-level control until the
a.c. voitmeter indicates the voltage
corresponding to about one-third of
the rated power output (see Table I).
For amplifiers other than separate
power amplifiers, turn up the amplifi-
er's gain or volume control for one-third
rated power output. Let the amplitier
operate at this level for 30 minutes.

8. For power amplifiers, turn up the
generator output-level control until the
sine wave displayed on the 'scope
screen shows signs of clipping (on ei-
ther or both peaks). For amplifiers oth-
er than separate power amplifiers, turn
up the amplifier's gain or volume con-
trol untit clipping occurs. Then, careful-
ly reduce the signal level to just below
the point where clipping occurs.

9. Record the voltage indicated on
the a.c. voltmeter, both in volts and dB
(sum of dB scale and range markings
on the voltmeter). This is the maximum
1-kHz output voltage. The maximum
power represented by this voltage can
be determined from the conversion
chart in Table I

10. Reduce the signal level by
around one-third, and change the au-
dio generator frequency to 20 Hz.

11. Repeat Step 8.
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If you measure wide-band
damping factor, make sure
your DVM is usable from
20 Hz to 20 kHz. Many
low-priced DVMs do not
function well past 1 kHz.

-  __ —_—  — — —

Table I—Power, voltage, and
dBmW conversions.

Power Power
(8-Ohm (4-Ohm

Load) Load) Voltage dBmW*
500 1000 63.2 38.2
450 900 60.0 37.8
400 800 56.6 37.2
350 700 529 36.7
300 600 49.0 36.0
250 500 447 352
220 440 42.0 34.7
200 400 40.0 342
180 360 379 338
160 320 358 33.3
150 300 34.6 33.0
140 280 335 327
130 260 32.2 32.4
120 240 31.0 320
110 220 29.7 31.7
100 200 282 312
90 180 26.8 308
80 160 255 30.3
75 150 245 30.0
70 140 237 29.7
65 130 22.8 29.4
60 120 21.9 29.0
55 110 21.0 28.7
50 100 20.0 28.2
45 90 19.0 27.8
40 80 17.9 27.3
35 70 16.7 26.7
30 60 155 26.0
25 50 141 252
20 40 12.7 24 3
15 30 1.0 230
12 24 9.8 22.0
10 20 8.95 21.3
8 16 8.00 20.3
4 8 5.65 16.2
2 4 4.00 11.8
1 2 282 11.2
0.5 1 2.00 82

*0 dBmW = 0.775 V (1 mW into 600
chms)

Voltage = \/Power x Resistance

Voltage

dB = 20 log 0775

12. Record the voltage indicated on
the a.c. voltmeter.

13. Reduce the signal level by
about one-third, and change the audio
generator frequency to 20 kHz.

14. Repeat Step 8.

15. Record the voltage indicated on
the a.c. voltmeter.

16. Take the lowest voltage reading
recorded in Steps 9, 12, and 15, and
convert it to power using Table |. This
power level is the measured 20 Hz to
20 kHz power output of the amplifier
for the channel measured.

17. Repeat Steps 8 to 16 for each of
the other channels.

Power Bandwidth. After setting up
the equipment and measuring 1-kHz
output voitage and power as de-
scribed under Basic Measurement
Precedure, proceed as follows:

1. Reduce the amplifier output lev-
el to 3 dB less than the voltage record-
ed in Step 9 of the preceding proce-
dure. For example, if the Step 9 volt-
age recorded was 26.8 V (+30.8
dBmW), then reduce the level to 19 V
(+27.8 dBmW).

2. Change the audio generator fre-
quency to about 100 Hz, then slowly
lower the frequency until signs of clip-
ping appear on the oscilloscope. Re-
cord the lowest frequency at which
non-clipped power output is obtain-
able at the —3 dB level. Make certain
the amplifier output is maintained at
the Step 1 level.

3. Change the audio generator fre-
quency to about 10 kHz, then slowly
increase the frequency until signs of
clipping appear on the 'scope. Record
the lowest frequency at which non-
clipped power output is obtainable at
the —3 dB level. Make certain the am-
plifier output is maintained at the Step
1 level.

4. The frequencies recorded in
Steps 2 and 3 represent the measured
— 3 dB power bandwidth of the amplifi-
er under test.

Damping Factor

Damping factor is the measure of an
amplifier's output voltage regulation,
and an indirect measure of its output
impedance. The higher the damping
factor, the better the regulation and the
lower the output impedance.

Equipment Needed. An audio gen-
erator, a.c. voltmeter, and load resis-
tors are all the items necessary for this
procedure. However, an oscilloscope
is also recommended.

The audio generator and a.c. volt-
meter need operate at only 50 Hz to 1
kHz. However, wide-band damping
factor is measured over a range from
20 Hz to 20 kHz, requiring a generator

and voltmeter capable of operating
over this range. In either case, the a.c.
voltmeter must have extremely high
resolution. This rules out the ordinary
analog a.c. voltmeter. Instead, a digital
voltmeter must be used, preferably
one that displays a minimum of four
digits at all times. This means either a
4'2-digit DVM, or a 3'.-digit DVM used
with power-scaling resistors (see Fig.
4). As the Table accompanying Fig. 4
shows, these resistors change an out-
put voltage to the 10 to 20 V range,
where a 3'2-digit DVM displays four
digits. Note, however, that this device
can only improve the resolution of a
low-cost instrument. If the DVM has a
very limited frequency response (char-
acteristic of low-cost DVMs), it cannot
be used for measuring wide-band
damping factor.

The load resistors must dissipate the
full rated output power of the amplifier
under test, so a high-power load bank
like that used for the maximum output
power measurement is needed here.

An oscilloscope (nearly any kind will
do) is recommended to make sure that
the amplifier under test is not clipping
when driven to full rated output during
the measurement. But if you know the
amplifier is capable (from prior tests) of
delivering its rated output, forget about
the 'scope.

Basic Measurement Procedure. To
measure damping factor, proceed as
follows:

1. Turn on all equipment and allow
an appropriate warmup time, about 5
minutes for semiconductor equipment

Fig. 4—Power scaler for 3">-digit
DVM. Select value for 1% resistor R
from accompanying Table.

AMPLIFIER | p
OUTPUT |°/k
TERMINALS |

&

DVM

RI::':e Power Range (Watts)
R (1%) (Volts) 80hms 4 Ohms
0 10-20 12.5-50 25-100
10k 20-40 50-200 100-400
30k 40-80 20-800 400-1600
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In the phono mode, much
amplification takes place
before the volume control,
so it is important to know
how much input causes
overload.

and 15 minutes for vacuum-tube

equipment.

2. Set any filters, equalizers, and
tone, boost or loudness controls on the
amplifier to their flat-response posi-
tions. Set the amplifier's volume or gain
control to minimum, and its balance
control for equal outputs.

3. Set the audio generator fre-
quency to 1 kHz (old equipment) or 50
Hz (new equipment). If measuring any-
thing other than a separate power am-
plifier, set the generator output level to
0.5 V. If measuring a separate power
amplifier, set its level controi (if any) to
maximum, and the generator output
level to minimum.

4 Connect the audio generator
output to a high-level input (AUX, tun-
er, or tape) of each channel. Both right
and left channels of a stereo amplifier
must be driven; all four channels of a
4-channel amplifier must be driven. Set
the amplifier's function selector to
match the input selected.

5 Connect high-power load resis-
tors to the speaker terminais of each
channel. This connection, and that to
the a.c. voltmeter, must be done in a
special way to make a valid measure-
ment. Do not connect the voltmeter
across the load resistors. Do not con-
nect the voltmeter anywhere on the
wires connecting the speaker termi-
nals to the load. Connect the DVM to
the excess wire protruding past the
speaker terminals, as shown in Fig. 5.
Clean the portion of the wire under the
post, and make sure the post is tight-
ened.

6. Set the DVM range switch to a
range appropriate for the amplifier's
rated power output. If using a 3'2-digit
DVM, set its range switch to 20 V, and
select the appropriate scaling resistors
(see Table in Fig. 4).

7. For power amplifiers, turn up the
audio generator's output-level control
until the DVM indicates the voltage cor-
responding to the amplifier's rated
power output (see Table 1). For inte-
grated amplifiers and receivers, turn
up the amplifier's gain or volume con-
trol. Record the indicated voltage to
four decimal places.

8. Disconnect one of the leads go-
ing to the load from the channel you
are measuring. Measure the no-load
voltage to four places and record it.

9. From the full-load and no-load

voltages measured in Steps 7 and 8
respectively, you can determine the
damping factor, percent regulation,
and output impedance of the amplifier.
The formulas are as follows:

Damping Factor =
Step 7

Step 8 — Step 7

% Regulation =
100 (Step 8 — Step 7)

Step 7

Output Impedance =
Load Resistance

Damping Factor

Wide-band Damping Factor. Wide-
band damping factor is the minimum
damping factor measured at a number
of frequencies over the rated band-
width of the amplifier. This generally
means making damping factor mea-
surements (per the Basic Measure-
ment Procedure) at a number of differ-
ent frequencies between 20 Hz and 20
kHz, unless the manufacturer claims a
different bandwidth for rated power
output.

If you measure wide-band damping
factor, check the instruction manual of
your DVM to make certain it is usable
in the 20 Hz to 20 kHz range. Many
low-priced DVMs do not function well
(or at ally past 1 kHz.

Maximum Input and
Output Voltage of Preamps

For the same reasons cited in the
previous measurement procedure, this
is not the method normally used to
determine maximum output voltage. In
this procedure, the onset of clipping is
used instead of a specified distortion
level as the criterion for maximum out-
put.

Equipment Needed. A signal gener-
ator, a.c. voltmeter, load resistors, and
oscilloscope (or equivalent) are need-
ed for maximum output-voltage mea-
surements. The signal generator and
a.c. voltmeter should cover 10 Hz to
100 kHz as a minimum. The voltmeter
accuracy should be no worse than 3%
over this frequency range.

The load resistors are the same as
those used for S/N ratio and frequency
response measurements, discussed in
last month’s issue: 10-kitohm, 5%, Va-
watt carbon-film resistors paralleled by
1,000-pF capacitance.

Nearly any oscilloscope will suffice
for this procedure. If you don't have
access 1o a 'scope, use the clipping
indicator described at the beginning of
this article for the Basic Measurement
Procedure.

A step attenuator having 20- and 40-
dB outputs is needed for the phono
overioad voltage measurement proce-
dure. The homemade one described in
last month's article is ideal.

Basic Measurement Procedure. To

Twist posts

TO DVM

LOAD

Fig. 5—Connection techniques for
damping-factor measurement. Note
that DVM is not connected between
the amplifier and load resistor.

Push posts

TO DVM

LOAD
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Fig 6—Equipment setup for
measuring preamp maximum input
and output voltages. Note that step

attenuator shown here is only for
phono overload voltage
measurement.

measure maximum output voltage,
proceed as follows:

1. Turn on all equipment (Fig. 6)
and allow an appropriate warmup time,
about 5 minutes for semiconductor
equipment and 15 minutes for vacu-
um-tube equipment.

2. Set any filters, equalizers, and
tone, boost or loudness controls on the
amplifier to their flat-response posi-
tions. Set the amplifier's volume or gain
control to maximum, and its balance
control for equal outputs.

3. Set the audio generator fre-
quency to 20 Hz, and its output level at
minimum.

4. Connect the generator output to
a high-level input (AUX, tuner, or tape)
of one of the channels. Set the amplifi-
er's mode or function switch to match
the input selected.

5. Connect the a.c. voltmeter and
oscilloscope (or equivalent) to the out-
put jack of the measurement channel.
Connect the load across the a.c. volt-
meter input terminals.

6. Set the a.c. voltmeter range
switch one range higher than is appro-
priate for the amplifier's rated output
voltage.

7. Turn up the audio generator's
output level until clipping occurs on
either peak, as displayed on the oscil-
loscope. Note: Clipping is often not
symmetrical in voltage amplifiers, so if
you are using the clipping indicator
instead of a 'scope, do this step twice
(once for each position of the polarity
switch) and look for the lowest output
voltage at which clipping occurs.

8. Readjust the a.c. voltmeter
range switch (if necessary) for an on-
scale indication. Record the voltage
indicated.

9. Disconnect the a.c. voltmeter

from the preamp’s output terminals,
and reconnect it to the audio generator
output. Note: If your generator has low
output impedance, there is no need to
disconnect the 10-kilohm load from the
vaitmeter input terminals.

10. Measure and record the gener-
ator output voltage (preamp input volt-
age) with the a.c. voitmeter.

11. Repeat Steps 3 to 10 at 1 kHz
and 20 kHz. The /owest Step 8 voltage
recorded is the measured 20 Hz to 20
kHz maximum output voltage for that
channel. The lowest Step 10 voltage
recorded is the measured 20 Hz to 20
kHz maximum high-level input-signal
voltage for that channel at full gain.

12. Repeat Steps 3 to 11 for the
other channel.

Phono Overload Voltage. In the pho-
no mode, considerable amplification
takes piace before the amplifier's vol-
ume or gain control, so it is important
to know how much input voltage can
be applied before the phono preamp
overloads. Because of the equalization
involved in the phono circuitry, mea-
surements are made at 1 kHz only.
Note: This variation of maximum input
voltage also applies to receivers and
integrated amplifiers.

t. Turn on all equipment (Fig. 6)
and allow an appropriate warmup time,
about 5 minutes for semiconductor
equipment and 15 minutes for vacu-
um-tube equipment.

2. Set any filters, equalizers, and
tane, boost or loudness controls on the
amplifier to their flat-response posi-
tions. Set the amplifier's volume or gain
control to minimum, and its balance
control for equal outputs.

3. Set the generator frequency to 1
kHz, and its output level to 0.5 V.

4. Connect the generator's output

Crosstalk is the leakage of
an unselected signal (such
as tuner, when you'’re in
phono mode). Separation is
signal leakage between
stereo channels.

to the attenuator input. Connect the
appropriate attenuator output jack to
the phono input you wish to measure.
Use the —20 dB output for a high-level
(MM) phono input; use the —40 dB
output for a low-level (MC) phono in-
put.

5. Connect the oscilloscope to the
output jack of the measurement chan-
nel. Connect the load across the
'scope terminals. Note: A ‘scope is
mandatory; the substitute clipping indi-
cator is not usable in this procedure.

6. Connect the a.c. voltmeter
across the attenuator output. Use a T-
or Y-connector to feed the attenuator
output to both the a.c. voltmeter and
the phono input. Set the voltmeter
range switch to 1 V.

7. Turn up the amplifier's volume
or gain control until clipping occurs on
either peak, as observed on the
'scope. At this point clipping is due to
limiting in the amplifier output stage.

8. Reduce the volume or gain con-
trol setting until clipping disappears,
then increase the generator output lev-
el until clipping reappears. Continue
doing this until reducing the volume or
gain control setting no longer prevents
clipping.

9. When you have precisely deter-
mined the lowest generator output lev-
el at which clipping occurs regardless
of the amplifier's volume control set-
ting, adjust the a.c. voltmeter's range
switch for maximum on-scale deflec-
tion, and record the voltage in milli-
volts. This is the phono input overload
voltage.

10. Repeat Steps 3 to 9 for the other
channel.

Crosstalk and Separation

Crosstalk is the leakage of an unse-
lected signal source into the signal
chain (e g., tuner signal leakage when
the function selector is set to phono).
Separation is the leakage of one chan-
nel's signal into the other channel.
These specifications are only occa-
sionally given in manufacturers’ speci-
fications for amplitiers, so I've saved
this test procedure for the end of the
series. Still, crosstalk symptoms are a
common occurrence in complex audio
systems, so these procedures are very
useful in isolating their cause.

Equipment Needed. Crosstalk and
separation measurements require an
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Channel-to-channel
separation can be
measured on power amps
as well as on preamps,
receivers, integrated amps,
and equalizers.

(
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Fig. 7—Equipment setup for
measuring crosstalk and separation
(shown for integrated amplifier or
receiver).

audio generator and a.c. voltmeter op-
erable at 1 kHz, load resistors, and
input terminations. For measurements
involving phono inputs, an attenuator is
also required

The a.c. voltmeter must be equipped
with dB scales If you wish to avoid
excessive calculations and dB conver-
sions. Ideally, its most sensitive range
should be —80 dB (100 pV, full scale).
Since voltmeters of this type are ex-
pensive, a —40 dB (10 mV, full scale)
voltmeter preceded by a 40-dB ampli-
fier is a good substitute. The filter/amp
described in last month's article is
highly suitable for this purpose.

The input terminations are 1 kilohm
for most inputs, and 100 ohms for MC
phono inputs. You can make these
yourself. as described last month.

The load resistors needed are a pair
of 16-ohm, 5%, 1-watt carbon resis-
tors, connected in parailel, for each
power-amplifier output, and a 10-kil-
ohm, 5%, Va-watt carbon resistor paral-
leled by 1000-pF capacitance for
each preamp output. However, if you
use the filter/amp as a voltmeter pre-
amplifier, its own Input impedance will
serve as a suitable load for preamp
outputs.

A 40- or 60-dB attenuator (such as
the homemade one described in Part )
is needed only If a phono input Is driv-
en.

Crosstalk Measurement Procedure.
To measure crosstalk between inputs
of the same channel, proceed as fol-
fows:

1. Turn on all equipment (Fig. 7)
and ailow an appropriate warmup time,
about 5 minutes for semiconductor
equipment and about 15 minutes for
vacuum-tube equipment.

2 Set any filters, equalizers, and
tone, boost or loudness controls on the
amplifier to their flat-response posi-

tions. Set the amplifier's volume or gain
control to minimum, and its balance
control for equal outputs.

3. Connect the audio generator
output to the attenuator input, and the
appropriate attenuator output jack to
one of the amplifier's input jacks. Use
the 0-dB output (or no attenuator at all)
if driving the AUX, tuner, tape, etc.
nputs, the —40 dB output for high-
level (MM) phono, and the —60 dB
output for low-level (MC) phono.

4 Insert Input terminations in the
undriven inputs of the channel being
measured. Use 1-kilohm terminations
for AUX, tuner, tape and MM phono
and 100-ohm for MC phono inputs.

5. Set the generator frequency to 1
kHz, and its output level to 0.5 V.

6. Connect the appropriate loads
across the amplifier output terminals.
Use 8 ohms, 2 watts (minimum) for
receivers and power amplifiers, and 10
kilohms for preamps. Connect the a.c.
voltmeter input terminals across the
load resistor of the channel being mea-
sured.

7. Set the a.c. voltmeter range
switch to 0 dB for preamps, or +10
dBmW for receivers.

8. Set the amplifier's function or
mode selector to match the driven in-
put. Then, adjust the amplifier's volume
or gain control for a 0-dB indication on
the a.c. voltmeter. Use 245 V (+10
dBmW) for receivers and 0.775 V (0
dBmW) for preamps.

9 Set the amplifier's function or
mode seiector to one of the terminated
inputs.

10. Down-range the a.c. voltmeter
until you get a usable indication. If nec-
essary, add additional amplification
between the amplifier output and a.c.
voltmeter. (If you use the filter/amp de-
scribed in last month’s article, select
C-weighting.)

—
11. Record the a.c. voltmeter indi-

cation in dB. The crosstalk between
the driven and the selected terminated
inputs I1s the difference between the
reference level and the sum of three
dB figures: The meter range, the meter
scale, and the filter/amp gain (if used).
For our calculations, use the plus or
minus signs of the meter scale and
meter range switch as marked, and
consider the filter/amp gain as nega-
tive. For example, if we were measur-
ing crosstalk between two preamp in-
puts (0-dBmW reference), the meter
scale might indicate — 6.5 dB when the
meter range switch is setto its —20 dB
position and 40-dB extra amplification
is used. We then simply add these
figures like so:

-65 -20 -40 =

—66.5 dB crosstalk.
However, if we were measuring a re-
ceiver or integrated amplifier, the extra
10-dB for the Step 8 reference level
must also be algebraically subtracted.
Assuming the same numbers, the
crosstalk is:

-65 —-20 —40 —(+10) =

—76.5 dB crosstalk.

12. In turn, reset the amplifier's
function or mode switch to each of the
other terminated inputs, and repeat
Step 11,

13. Repeat Steps 3 to 12 for the
other channet.

Separation Measurement Proce-
dure. Channel-to-channel separation
can be performed on power amplifiers
as well as on preamps, receivers, inte-
grated amplifiers, and equalizers. This
measurement procedure IS very simiiar
to Steps 1 to 11 of the Crosstalk Mea-
surement Procedure. The exceptions
are as follows: In Step 4, terminate the
corresponding input of the undriven
channel. In Step 9, do not disturb the
amplifier's function or mode selector
setting. Instead, switch the a.c. voitme-
ter to the load resistor of the undriven
channel.

| hope that these relatively inexpen-
sive methods of checking the basic
performance parameters of your ster-
eo system will prove of value. Bear in
mind that these approaches will not
yleld measurements of utmost accura-
cy. However, being able to make the
tests at all, without the investment of
thousands of dollars, is certainly worth
consideration. A4
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EQUIPMENT PROFILE

HARMAN/
KARDON s
CD491 i
CASSETTE

DECK |

Manufacturer’'s Specifications

Frequency Response: 20 Hz to 24
kHz, to 26 kHz with metal tape.

Signal/Noise Ratio: 66 dB with
Dolby B NR, 75 dB with Dolby C NR.

Input Sensitivity: Mike, 0.8 mV;
line, 40 mV.

Output Level: Line, 420 mV.

Flutter: 0.025% witd. rms, +=0.04%
wtd. peak.

Fast-Wind Times: 70 S with C-60.

Dimensions: 17-7/16 in. (443 mm) W
X 4-13/16 in. (123 mm) H x 14 in.
(355 mm) D.

Weight: 159 Ibs. (7.2 kg).

Price: $785.00.

Company Address: 240 Crossways
Park West, Woodbury, N.Y. 11797,
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Harman/Kardon calls the CD491 an "ultra-wideband lin-
ear-phase cassette deck,” which certainly sounds good
and arouses the curiosity of testers and users alike. The
front panel is a very light beige, and the black designations
are easy to read under any normal lighting. When the power
switch is pushed on, “Wait" appears in red on the meter/
display panel. After 7 seconds, it turns off, and “0" appears
in the counter readout to the left. The counter displays up to
four digits ("2310" for one side of a C-90), but leading zeros
are blanked out-—a nice touch. Counting below zero in
rewind is from “9999" down. A push of “Time,” and the
counter will show play or record time in minutes and sec-
onds, which is a very helpful feature. The time/position
reference is not maintained during fast-wind modes; in-

stead, the display automatically switches to normal counter
mode. Therefore, you can't locate passages on tape by their
timing, or estimate remaining time if you start in mid-tape.

With “Rewind" alone pushed in, the deck will rewind to
the beginning of the tape and stop. if “Replay” is actuated
at the same time, the deck goes into play instead, and the
process continues until interrupted. If "Memory” is enabled,
the basic action is the same, but the stop on rewind is at
“0000."

There are three pushbutton switches of the same design
for noise-reduction settings: “Oft/On,” "B/C" and multiplex
filter “On/Off.” Status indicators for “B" (green) and "“C”
(yellow) are located at the opposite end of the display
panel, to the right of the meters. The filter is off when its
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switch is pushed in, the reverse of what | had expected. Just
below the NR pushbuttons is the tape monitor switch, which
latches in for tape playback, turning on a red LED at the
same time.

To the right of the noise-reduction switches are "Bias/
Equalization” controls. Three interlocked tape-select switch-
es are on the top row, for "LN" (Type 1), “"CrO," (Type I},
and “Metal" (Type V). Just below are momentary-contact
"Bias Tone" and “Rec Cal" pushbuttons, both used in the
calibration procedure. With “Bias Tone" pushed in, 400 Hz
is fed to the left channel and 12.5 kHz to the right. "Bias Fine
Trim,” to the left of the button, is adjusted to match the
indicated channel levels in playback. This trim control has a
center detent, and labels remind the user that rotation to the

left reduces the highs, while rotation to the right boosts
them.

When “Rec Cal” is pushed in, 400 Hz is fed to both
channels. A supplied adjustment tool is put into the “Left”
and “Right” holes, in turn, to set the indicated levels to
meter zero, thus ensuring good Dolby tracking. The inter-
locked “Play/Off/Rec" switches for timer operation are just
above.

The horizontal bar-graph-type meters have 16 segments.
They cover from —30to + 10 dB, with light green LEDs from
“—30"to"—1," yellow from "0" to "+ 2" and red for “ + 3" to
“+10." Dolby level is at meter zero, which helps to minimize
confusion, in my view. The “"HX PRQ" logo, just to the right,
announces the incorporation of this latest version of circuitry
for high-end extension. Normally, the peak-responding me-
ters do not hold peak readings, but with a push of “Peak
Hold,” maximum indications will be held about 2 seconds
which aids in the level-setting when recording. The unique
"Meter Weighting” button equalizes the meter amp to the
inverse of the saturation curve of tapes recorded on the
CD491. In the weighted mode, the first red meter LED
("+3") indicates the tape overload point. The effect, as with
the more common scheme of metering the signal after
record EQ, gives a much better indication of the possibility
(or probability) of reaching high-frequency saturation. The
switch also allows for so-calied normal metering.

Along the bottom of the front panel are four level-control
knobs of medium size with very fine knurling for easy turn-
ing. The left and right “Rec Level” pots control only the line
inputs. The “Mic Level” control affects both channels, pro-
viding full mixing, and there is a soft detent at the "Off"
position—to help prevent it from being turned up inadvert-
ently. The “Output Level” pot controls both line and head-
phone outputs, but it has no effect on meter indications.

The “Master Fader"” sets the level for the two-channel mix.
This large knob makes for very easy setting at any point up
to its maximum rotation, which is just 180°—different from
most pots, but just fine in practical use.

The transport-control switches, beneath the cassette
compartment, have light-touch plates with status lights for
all functions (except "Stop™). The logic allows you to change
directly from any mode to any other mode, including going
into record mode while in play. In “Pause” or record/pause
mode, the indicator on “Play” flashes, telling the user that it
is the button to push next. Simultaneously pushing “Play”
and either fast-wind switch engages "Auto Search,” which
finds the beginning (or end) of the current selection, then
automatically resumes play.

Immediately to the right of the transport controls are
momentary-contact switches labelled "Rec Mute” and "Auto
Space.” The latter provides an automatic muting for 5 sec-
onds and then a switch into record/pause. Whenever there
is muting, the “Record” indicator flashes (instead of glow-
ing), reminding the user that no signal is being recorded.

The cassette-compartment carrier swings down briskly
with a push of "Eject,” at the upper left corner of the front
panel. Loading and maintenance are easy tasks, as they are
for most front loaders these days.

The “Headphones™ jack is on the front panel (at the lower
right corner), but the two microphone jacks are on the back,
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The bias adjustment range
extended far enough down
for even non-premium
tapes, but not quite high
enough for tapes needing
high bias for their type.

Fig. 1—Frequency
responses with (solid
lines) and without
(dashed lines) Dolby C

NR, using Type | (BASF
Pro | Super), Type Il
(Sony UCX), and Type IV
(Fuji FR Metal) tapes.

which seems unnecessarily out of the way. A single micro-
phone plugged into either jack is fed equally to both chan-
nels, which gives a little more convenience than having just
one jack provide the mono function. The line in/out jacks, of
course, are also on the back panel.

My internal inspection found two large p.c. boards that
combined to fill the chassis, with a metal partition between
them acting as both shield and heat-sink. Soldering was
excellent, with slight flux residue at a couple of points. All
parts and adjustments were labelied, and the components
were of high quality and well laid out. There were two fuses
in clips. A listening check proved the quietness of the dual-
capstan drive. The removed top-and-side cover had what
appeared to be vibration-damping pads on its interior sur-
face, an unusual attention to detail to minimize distracting
noises.

Measurements

The playback responses were checked using TDK and
BASF alignment tapes. Most points were within +1.5 dB,
but there was some additional boost at the low end from
fringing effects, and the high end was down almost 3 dB at
10 kHz and more at higher frequencies. It appeared likely
that there would be some benefit from a touch-up azimuth
alignment, which is actually a good idea for any deck about
to be put in use. Playback level indications were close,
within the resolution of the meter segments. Playback tape
speed was just 0.2% slow.

The CD491 record/playback performance was checked
with many different tape formulations of all types, except
Type Ill (ferrichrome). The bias adjustment range extended
far enough down to handie even non-premium Type | tapes,
but it did not quite reach high enough for tapes whose bias
requirements are relatively high for their type, such as Max-
ell XL I-S, Sony AHF and TDK AD-X (all Type I), and Mem-
orex HBII (Type II}. Results were excellent with the manufac-
turer's reference tapes, Maxell XL | and TDK SA and MA,
but | had a slight preference for the response shapes of
BASF Pro | Super, Sony UCX and Fuji FR Metal, so | used
them for the detailed testing that followed.

—

Figure 1 shows the swept-frequency responses at Dolby
level and 20 dB below that for these three tapes, both with
and without Dolby C NR. As the data in Table | demon-
strates, the responses are extended at both ends of the
band under all conditions, certainly improved at the high
end by HX Pro. The responses are outstanding, both for
their flatness from below 20 Hz to 10 to 20 kHz and for their
excellent Dolby NR tracking. This latter result proves the
success of the Harman/Kardon deck’s two-tone calibration.
With Sony UCX tape, the 400-Hz (403-Hz actual) level could
be set anywhere from —4 to +2.5 dB relative to meter zero.
The bias control varied this tape’s output of the 12.5-kHz
(actually 11.6-kHz) tone from —2 to +4.3 dB on the meter.
Both test tones had distortion of about 1%, plenty low
enough for the purpose.

Table Il lists the excellent results of other record/playback
tests. The 70-dB erasure figure at 100 Hz held true even
with metal tape, definitely better than most decks can do.

Third-harmonic distortion {(HDL3) was measured from 10
dB below Dolby level to the limit of 3% distortion for the
three tapes with Dolby C NR. The results are uniformly
excellent and quite superior to those from the great majority
of decks. Since noise is measured relative to the signal level
at which this 3% limit is reached, with the CD491's low
distortion, raising this level effectively raises the signal-to-
noise ratios. This is indicated by the excellent results shown
in Table IV for all three tape types. The distortion was also
measured as a function of frequency with Fuji FR Metal tape
at —10 dB, from 30 Hz to 6 kHz. The low distortion at all
points is judged to result from the success of HX Pro as well
as the pasic low-distortion performance.

Table Vl lists the input and output characteristics at a test
frequency of 1 kHz. All of the results were equal to or better
than specification. The line-input overioad level was above
the 30-V limit of the driving amplifier. The output test loads
were 10 kilohms for line and 50 ohms for headphones.
There was high volume to all headphones tried, easily con-
trollable with the output pot. If a single microphone input
was used, the left-channel level was 1.5 dB higher than that
of the right channel, which would shift this mono image
slightly to the left. The sections of the mike input pot tracked
within 1 dB for up to 60-dB attenuation from maximum gain.
The master pot, on the other hand, tracked for just 20 dB to
the same 1-dB limit. It would be best to keep it near maxi-
mum when matching channel levels. The deck had jow
sensitivity to internal overload at meter zero, even with the
master set at lower clockwise rotation than the channel pots.
This is a good feature of this deck, but it’s still normally good
practice to keep the master at least as open as the channel
pots when operating. The output polarity was the same as
the input, whether in source or tape monitor, which is the
preferred configuration.

The peak-responding meters were truly that, as they met
the requirements of IEC Standard 268-10 for peak-program
meters. The thresholds for most of the segments were very
close to their designated values, particularly from “ 2" to
"+10." The lower segments turned on at levels much higher
than designated, however, with “~30" at —21 actual and
“—20" at —15 actual, for example. With meter weighting
out, the response was 3 dB down at 10.7 Hz and 40.0 kHz.
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