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ONLY NEC OFFERS
THE BEST OF BOTH
FORMAIS.

Whether you’ re watching the movie that won the
Academy Avvard s “Best Picture” or want to make your
own video movie with the best picture possible, NEC has
the video cassette recorder that's exactly right for you.

Now, you've probably heard pretty

convincing arguments for the -
superiority of VHS .

THE NEC VC-N833EU VHS VIDEO
CASSETTE RECORDER. Add Dolby
stereo to a high performance four-
head, CATV-ready VICR and double sour
recording pleasure.

THE NEC VC-N895EU VHS HI-FI VCR. This state-of-the-art VCRS features indude
true hi-fi audio; a 139 channel, CATV-ready PLL Quartz tuner; 14 day, 8 event
programmable timer, 4 heads for clear special effects, stereo recording and
playback with Dolby Noise Reduction, segment recordlng variable speed control,
automatic editing system, picture sharpness control, electronic tape counter and
full function infrared wireless remote control.

The ParamountiHome Video Videocassettes pictured are $39.95 each suggested retail price and are supplied courtesy of Paramourt Home Video.




versus Beta and vice versa. That's because each format has
Its respective strengths.

While VHS decks play longer, which
saves tape costs; Beta cassettes are
smaller and more portable, making
possible home video equipment such as
the integrated NEC Video Camera/ .
Recoraiet Betalone, " CHENEC o, U SETAMOVE
NEC g siswhy ol

ecame the  ~drgisborery

THE NEC VC-N40OEU BETA SLIMLINE On Iy VCR
VIDEO CASSETTE RECORDER. ma n ufac_tu rer to Of‘fer both formats

Whatever the recording speed, t

Sl rRerEresunder its own name in the United

States. This includes the very finest Beta and VHS models in

each category. |
Suddenly, the answer to the question "Which VCR is ‘

best?” becomes very simple. NEC. N’E C

THE ONES TO WATCH.

e R — NEC Corporation, Tokyo, Japan

NEC

THE NEC VC-739E BETA HI-FI VZR. The VCR with the

' T picture that sounds as good as it Jooks. It features studio
quality hi-fi audio; a 134 channel, CATV-ready PLL Quartz tuner; 21 day, 8 event programmzble timer; 4
heads for clear, special effects; three slow motion speeds, picture sharpness control, segment recording,
electronic tape counter and full function intrared wireless remote control,

NEC Home Electronics (U.S A) Inc., 1401 Estes Avenue, Elk Grove Village, lilinos 60007, {312) 228-5900
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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,
BASF Pure Chrome is made of perfectly shaped chromium dioxide
particles. And the exclusive Chrome formulation delivers the lowest

background noise of any tape in the world, as well as outstanding

sensitivity in the critical high frequency range. And this extraordinary
tape is designed especially for the Type 11 Chrome Bias position. So
make sure you're hearing all of the N
: = music and none of the tape. Make the @ B ASF
é" BASF switch today to the world's quietest -
Chrome Audio & Video Tapes

tape. BASF Chrome.
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COMPUTER DIRECT -LINE RECEIVER

/ : ONE HUNDRED PERCENT COMPUTERIZED

S

UAL DIGITAL VOLUME AND BALANC=E CONTFOL

Ve DIGITAL TONE MEMORIES

SEQUENTIAL AUBDIO MUTING BETWE=N SCURCES

COMPACT AUDIC DISC INPUT

- ‘ L= ¥
- e - - Wl - 1 e

- s v 2 IR x L " v 3 | ol ok b

The R102 is the future ... All others will folow

= A=

SCIENTIFIC AUDIO ELECTRONICS, INC

For your color brochure send to: Scientific Audio Electronics, Inc., P.O. Box 60271, Terminal Annex, Los Angeles, CA 90060
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audjo-talk from

audio-technica

Number 4 in a Series

Sophisticated
Styli

While the least expensive — and simplest
phono stylus is the spherical or UniRadial.
and the most popular is the elliptical or
BiRadial, both have limitations in most sys-
tems. The spherical tip can’t accurately re-
solve the highest overtones, and the reduced
contact area of the elliptical can put higher
pressure on the groove. hastening record
and stylus wear.

The Linear Contact Design

At Audio-Technica we pioneered in the
introduction of new stylus shapes to over-
come these problems. Our current Linear
Contact stylus design is a development from
our original Shibata stylus of almost a dec-
ade ago. Instead of the simple shapes of the
past. the Linear Contact stylus features
complex multi-radius contours dimensioned
1o the nearest micron (a micron is just
0.0000393")!

Long and Narrow

The net result is a stylus which contacts
each groove wall with a “footprint™ which
1s unusually long and narrow. Narrow 10 be
able to respond accurately to the smallest
groove modulations. Long to support the
stylus over more of the groove wall surface,
which reduces stylus pressure. and thus
wear on stylus and record alike.

ELUPTICAL
SIDE VIEW
025 e

LINEAR CONTACT
SIDE VIEW

CONTACT

CONTACT
AREA

Facing Up to Wear

Because our best Linear Contact styli start
as whole. natural octahedral diamonds, the
grain structure of the diamond

can be identified before
grinding begins. Which

permits us to shape the

stylus so that the longest-

wearing facets of the

diamond contact

the groove walls, to N OCDT-:;E)?«%AL
provide even - \\>

longer useful life N3 -7

than diamonds ) ‘GRAIN-ORIENTED
ground from random-  \g” STVLLS

orientation chips or fragments.

More to Come

While the stylus tip shape is the most dra-
matic difference between models. other
stylus characteristics are also important to
overall cartridge performance. And in our
next column. we'll discuss the rest of the
stylus...and the difference it can make in

your stereo syslem.
1221 Commerce Dr., Stow, OH 44224

ZA audio-technica.

The World’s Favorite Phono Cartridge

Good listening,

=== 4

Jon R. Kelly. President
Audio-Technica U.S.. inc.

TAPE GUIDE

HERMAN BURSTEIN
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Playback Equalization

Q. My cassette deck has a four-po-
sition equalization switch: 70 uS for
Type Il and IV tapes, 120 uS for Types
! and lll. What is the difference be-
tween these settings? What frequen-
cies do 70 and 120 uS use equally?
And what is the equation for converting
microseconds to Hz?—Ray Segura,
Jefferson, La.

A With 120-pS equalization (used
only for Type | ferric oxide tapes), play-
back bass boost starts (up 3 dB) at
1,326 Hz;, with 70-pS equalization
(used for all other tape types), it's up 3
dB at 2,274 Hz

To convert turnover frequency in mi-
croseconds to Hz, divide 159,155 by
the number of microseconds. Thus, for
70 pS, we have: 159,155 divided by
70, or 2,274 Hz. To convert turnover
frequency in Hz to microseconds, di-
vide 159,155 by the frequency. For
2,274 Hz, we thus have: 159,155 divid-
ed by 2,274, or 70 pS.

Tape Saturation

Q. I have a problem when recording
with Dolby C but not with Dolby B.
When | record live material from radio
or phono records, the music always
Saturates the tape; the result is
scratchy and blurred sound. | keep the
recording level at the point suggested
by the instruction book and have also
tried lowering the level. Should live ma-
terial be recorded with Dolby B instead
of Dolby C? Any help would be appre-
ciated.—Douglas Brenner, Douglas-
ton, N.Y.

A. First, let me point out that "live"
material, as you call it (truly live materi-
al would be the music source itself, not
a radio station or phono record), tends
to contain sharp transients which chal-
lenge the capability of the tape system
with respect to tape saturation

| suspect that something is wrong
with the calibration of your Dolby C
circuitry in recording, so you are not
getting correct tracking (match be-
tween recording and playback levels)
for the tape you are using. If anything,
Dolby C has been devised to provide
even greater headroom (protection
against tape saturation) than Dolby B
This is achieved by reducing the treble
emphasis at the upper end of the au-
dio range in recording. As you may
recall, the Dolby system variably em-

phasizes treble in recording, with low
sound levels getting more emphasis
than high sound levels, and in comple-
mentary fashion it variably de-empha-
sizes treble in playback to restore flat
response. For all this to work properly,
there has to be a match between re-
cording and playback levels.

If Dolby B works better than Dolby C
this provides further evidence that
something is wrong with the Dolby C
circuitry in your deck. You should have
your deck checked by a competent
technician; take along one or more of
the cassettes you plan to use so that
adjustments can be made on the basis
of these tapes.

Dubbing, Dolby, and dbx

Q. I have to dub about 20 cassettes
encoded with Doiby B NR which were
made on a deck with incorrect azimuth
adjustment. | couldn't play a friend's
tapes, nor could he play mine because
of my deck. | have a new deck which
provides Dolby B, Dolby C, and dbx
noise reduction. | want all my newly
dubbed tapes encoded with dbx. I'lf
be dubbing from the deck that was
originally used to record the Dolby B
tapes. Will | have any trouble dubbing
the old tapes and encoding them with
dbx? Do | decode the Dolby B tapes
as if I were listening to them? Do | have
to be overly concerned with level ad-
justments on the new deck? And how
do | set the bias switch on the old
deck? | use chrome tapes.—John
Flanagan, Fall River, Mass.

A. When playing the original tapes
on the source (old) deck, do so in the
Dolby B mode, which will give you a
correctly equalized and quiet source
signal. When you make your dbx-en-
coded dubbings on the new deck, you
do not have to be concerned with level
(sensitivity) adjustment, as is the case
with Dolby. When playing your original
tapes on the source deck, the equal-
ization switch should be in the 70-uS
mode—the mode for all but ferric
tapes. Bias selection is not involved
when playing tapes; bias is used only
in recording a4

If you have a probiem 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/JUNE 1984



%CUPI’\OSG

Musically accurate.. . . and reliable.

Ask your dealer for a demonstration of the newest
products available from the premier manufacturer
of quality audio electronics . ..
Accuphase Laboratory, Inc.

BOOTHROYD STUART

MERIDIAN

There is a tremendous gap between Meridian
and its closest competitor.

The Modular Component Amplifier has been
developed to accept a series of up to 12 modules,
specifically designed to position between the power
and pre-amp sections. You may select from an FM
tuner head phone amplifier, tone controls, tape
inputs, magnetic or moving coil cartridge and
compact disc. As new technology is developed your
system can keep pace with the changes ... only
Meridian offers this quality and flexibility.

Madrigal Ltd. is now distributing Accuphase, Meridian and Koetsu products and Audiofon Records in the United States. Interested
dealers are invited to visit us during the SCES at The Raphael Hotel, 201 E. Delaware PI., Suite 202. Appointments and information

are available through MDRIG Q I
E=——\UD=————= Post Office Box 781, Middletown, CT 06457 (203) 346-0896
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HEYBROOK TT2

A precision engineered and hand
built, belt-driven turntable,
manufactured in England to the
highest Audio Standards. Five
Year Warranty.
See us at the Summer CES McCormick Inn,
uite 315 & 317.
Imported and
Distributed by

D’'Ascanio Audio

11450 Overseas Highway
Marathon, FL 33050
Tel.: 305-743-7130

]
-
¥

WERE FIGHTING FOR
YOUR LIFE

‘0

American Heart
Association

AUDIOCLINIC

JOSEPH GIOVANELLI

Compliance

Q. What does ‘‘compliance” of a
cartridge mean?—Ron Webb, Tempe
Ariz

A. Cartridge compliance refers to
the ease with which its stylus can be
displaced. The higher the compliance,
the more readily the stylus can move in
response to the undulations of the re-
cord groove, and the less work the
grooves must do to move the stylus.

Phonograph Muting

Q. | have an automatic turntable.
When | press the “Stop” button, its
tonearm lifts. My nght channel be-
comes silent—just as it is supposed to.
My left speaker becomes silent just
after it lifts. What causes this problem?
How can | resolve it?—Peter Dea,
Brooklyn, N.Y

A. Your problem results from diffi-
culties with the muting circuit associat-
ed with the left channel of your turnta-
ble. The audio is supposed to be short-
ed out just before the tonearm lifts. If it
does not, you will hear the arm being
lifted from the surtace of the disc

A number of factors can produce
this condition. One is that the contacts
which actually perform the shorting
may be oxidized; this oxide may be
removed by a suitable contact cleaner.
These contacts could also be bent, or
the cam which controls their positions
might be worn. In either of these latter
instances, the cam will not press the
contacts together with sufficient pres-
sure to create a short. You must exam-
ine the contacts, and bend the appro-
priate one ever so slightly toward the
other. This work is best performed with
needle-nose pliers

If the equipment is still in warranty
do not attempt a repair; take advan-
tage of your warranty

Keeping Your Analog Phonograph

Q. Afew months ago, | purchased a
very good analog playback setup
Now | constantly read and hear about
the digital “attack” on analog record-
ing techniques and ! get angry. Did |
waste my money when | bought good
record playback gear?—Ed Miglino
Deer Park. N.Y

A. | do not believe you have wasted
your money. The phonograph record
as you have come to know and love it
will be with us for years. There are so

many phonographs that their gresence
becomes a marketing force too great
to ignore

The quality built into today's phono-
graph systems is very high, and they
will last for a long time. This means
there will continue to be a demand for
records to play on these systems.

Many recordings will never be reis-
sued on Compact Discs. If you plan to
collect these, the only way this can be
done is to buy the present-day phono-
graph record.

The 78-rpm disc has not been made
for many years, yet manufacturers are
still responding to a demand for good
equipment on which to play them. This,
then, is just one more guarantee that
you will have lots of discs to play on
your new phonograph. Not only wi
you have new discs to play, but you
will have those which you now own.
Given a good cartridge and stylus—
kept in good condition—you will be
able to enjoy your collection for years!

Changing Internal Speaker Wire

Q. | see ads for various heavy-
gauge speaker wires. | understand
how lower wire resistance can help im-
prove the performance of a sound sys-
tem. | don't understand how it can help
when the wiring inside the speaker en-
closure remains the same. Is it neces-
sary or desirable to install heavier
gauge wire inside the enclosure when
using heavy-gauge interconnecting
cable?—Al Shelton, Arleta, Cal

A. The effects, if any, of a change of
wire will be in proportion to the wire's
length. There is, therefore, more
chance of improving the sound by
changing the 20 feet or so of wire be-
tween the amplifier and the speaker
cabinet than by changing the 2 or 3
feet of wire inside the enclosure. Aiso
the external wire is far easier to
change. Some speaker manufacturers
are now using heavy, premium cables
inside their enclosures. That's simple
to do in manufacture, but taking a
speaker apart in order to rewire it is, at
best, an awkward process, and there
is unlikely to be enough improvement
in the sound to warrant all that work. 4

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.

AUDIO/JUNE 1984




S . U T o NN . s B —————rTY I
HARMAN KARDON’S

STATE-OF-THE-MIND TECHNOLOGY TAKES TO THE ROAD

!
|

Jou"

harman/kardc Hi

plifier

With the introduction of th
high fidelity car amplifier,

Kardon blazes new trails. The ¢

to sonic superiority that's synon
Harman Kardon home audio equip
ready for those w~o demand the sam
the road. .

" Y »a-

At Harman Kardon, we delieved that there W
quality car audio components for the discerning A
car amplifier that would outperiorm any car er on the
market. Harman Kardon's thirty years of a expertise is

unieashed with the CA260. 2

The unrivaled design technologies that are embodied in the
CA260 include: High instantaneous Current Capability, Low
Negative Feedback, Ulirawidebandwidth and Discrete
Components. The CA260 goes beyond industry standards
to set new ones.

UJ&UUH

rated in the Harman Ka-don
30 amps of Highinstantaneous
apability to proside 60 Watts of

)4 Ohms, 90 Wazts into 2 Ohms, and

S bridged mono irto 4 Orms. Two 10,000
rs previde full SJower even at 20Hz.

is rugged and reliatle enough to perform

tions, intense tenperatures and engme noise.

The CA260 is lhe debut of a line of superior and fundamen:
tally advanced car’ stereo products from Harman Kardon.

Harman Kardon's state-of-the-mind technology. Un-
paralieled ex nce in advanced audio equipment now
journeys with

harman/ kardbn‘-

Our state-of-the-mind is tomorrow’s ehateaet-thq-art

230 Crossways Park West, Woodbury. N¥ 11797 In Canada, Gould Marketing, Ouebec For more mtornatlon call toll-free 1-(800) 528 6050 ext. 870

© HK 1984




INTRODUCING
THE 325e¢.
BMW AFFIRMS ITS
DOMINANCE
IN THE CATEGORY
IT CREATED.




Many years ago, into a world
forced to choose between the
sports car and the passenger sedan,
BMW introduced an innovation
that proved prophetic. A way of merg-
ing the two into a whole greater
than the sum of its parts

Car and Driver, taking note of
the achievement, wrote that “BMWs
have reigned as the definitive
spor:s sedan for nearly twenty years
now. The world's car companies
perennially take them apart to see
what makes them tick.”

Now there's a new candidate
for such dissection—an effort
that will prove exhilarating for driving
enthusiasts and chastening for a
world of late entrants into the sports
sedan genre.

It's called the BMW 325e.

HIGH TECHNOLOGY

DEDICATED TO HEIGHTENING
YOUR PULSE RATE
The 325e is a $20,9701 par-
agon of high performance. And
central to its prodigious performance
IS a power plant unique to BMW:
the technologically ingenious 2. 7-iter,
6-cylinder ‘Eta’ engine. It develops
high torque at low to medium range
engine speeds, thus offering you
exceptional response as you move
through the

r\gears,ThiS
I -

response is enhanced by a newly re-
fined version of BMW's Digital Motor
Electronics. A microprocessing sys-
tem that uses data based on engine
and driving conditions to calibrate
the electronic fuel injection and igni-
tion instantly and precisely. The sys-
tem s so efficientand unerring it also
manages the BMW engine that
powers the current Formula One
Grand Prix Championship car.

In the 325e the result is an
aggressively smooth engine that de-
livers soul-stirring performance
with a remarkable EPA-estimated
[23]mpg, 36 highway*

But as Road & Track states and
BMW engineers concur, “the con-
cept of performance encompasses
a good deal more than the various
aspects of acceleration.”

It encompasses, for example,
excellence in deceleration as well. For
that reason the 325e has been
equipped with disc brakes for all four
wheels. And they're vented in front,
where most braking stress occurs, to
increase their fade resistance.

The 325e also has a newly
engineered sport suspension that's
fully independent, with anti-roll
bars at the front and rear for flatter,
confidence-inspiring handling and
a crisp, yet supple ride.

A NEW INTERIOR ARCHITECTURE.

Inside the BMW 325e there
are no sacrifices required in the
name of high performance. The ergo-

nomically engineered driver’s
domain includes totally new BMW

sport seats that can be molded to
your needs with a myriad of ortho-
pedic adjustments.

While in front of you the instru-
ment panel incorporates the second
generation of BMW's onboard
computer. It handles such chores as
warning you when the outside tem-
perature nears freezing and providing
anti-theft protection. You can acti-
vate it by pressing the turn signal
so it won't distract you from driving.

Other informative BMW inno-
vations include a Service Indicator
that determines your individual driv-
ing style and recommends when
routine services are due. And an Ac-
tive Check Control that monitors vi-
tal engine functions to offer early
warning in the event of a malifunction.

THE SPORTS SEDAN
OTHER CARS PROFESS TO BE.

The 325e exudes the same at-
tentiveness to detail and quality
that characterizes all BMWs and
elicited this from Motor Trend:

“doors close with a nice solid clunk,
gear changes are crisp as cold cel-
ery and the steering as precise as a
dial indicator.”

In sum, it expands the prereg-
uisites for all those cars seeking
credibility as high-performance sports
sedans. Every nuance of @i
its performance has &) A
been finely honed and g
heightened to elevate
driving from a mere
pasiime into a passion.
THE ULTIMATE DRIVING MACHINE.

*Manufacturer's suggested retail price. Actual prices estabbshed by dealers, Taxes, freight, optional equipment

and any other dealer charges are extra. Price is subject to chan;
are for comparison only. Yaur actual mileage may vary, dege
MW o

N w highway miteage will most Iike!Ey be lower. ¢ 1984 North America, inc. The BMW trademark
L \ andlB 3v a‘;e registered. European Delivery can be arranged through your authorized U.S.
N - eaer. ) . b : 3

e
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without notice. *Fuel efficiency fl%‘ures
on speed, weather and trip length. Actual



AUDIO ETC

EDWARD TATNALL CANBY

TIME WATCHES ON

roof. Only a year-plus ago, | was

writing about the Three Phases of
the then much-touted marriage of vid-
eo and audio, or TV and hi-fi if you
wish, and now we are already heading
straight into Phase Three, the real revo-
lution. Things are indeed heating up
and I'll have to move fast if | want to
indulge in speculation as to what may
be in store for us—before it goes and
happens, in the electronic flesh, not
merely my imagination

Phase Three, of course, Is liberation
from the tube, towards other and radi-
cally different methods of producing
an electronic moving picture in color
The direction in which this will take us
is familiar enough. Those potent trip-
lets, miniaturization, ultra-low power
drain {from long lasting batteries) and
astronomically increased versatility
are already with us now in a hundred
ways.

When | look at my small, cheap
stick-on watch, or clock, bought two
years ago for around seven bucks
(and now selling for maybe less than
three), | see future video. All this time,
that little round timepiece, cream plas-
tic with one small window showing the
LCD numbers, has been flashing
away, back and forth, alternating be-
tween the date and the exact time,
neatly keeping track of all the months
and their different numbers of days,
including February—though this is by
no means all the thing can do. Stick a
pointed tool into its two little guide
holes and you can get the usual, a
stopwatch counting seconds, the time
by itself minus date, and so on. You
can guess that, this last February, |
waited with the traditional bated breath
to see what it would do with Leap Year
Alas, it wasn't that brainy. Not pro-
grammed for Leap Year. | had to move
it forward a day, which took about a
half-hour since it involved my usual
random pushings of the two control
elements, through those little holes, un-
til | could once more figure out what
their functions were. (The directions, |
found, were for me worse than mean-
ingless. Better just to experiment.)

| think it is a constructive analogy
also to take note ot my Lorus guartz
wristwatch. This, too, has been running
for ages—well, a year—on its original
battery, and it keeps the usual aston-

I'm feeling like the cat on a hot tin

—

ishingly accurate time, but that is not
my point. Unlike the little stick-on
watch (which is stuck onto a tray on my
kitchen table where its LCD numbers
can catch the light at the right angle for
legibility), the Lorus is a composite
The main action is stil mechanical. The
hands go 'round, including the step-
by-step second hand-—which once
again returns to the exact function that
produced that name some centuries
ago. (It is fascinating to watch my pre-
revolutionary grandfather clock’s sec-
ond hand keep in precise time with the
second hand on my Lorus.) The date
action is also mechanical, if battery
driven, and therefore much less so-
phisticated than the cheaper LCD sys-
tem. Its months are all the same, 31
days, because anything more complex
than this would be mechanically mon-
strous and enough to kill the battery
before its time. So evesy few months |
have to go through the mechanical re-
set rigamarole

Is that significant! This composite
stage is where we also have been for
years in just about every aspect of our
hi-fi and recording fields, as well as the
same in the entire video field

Why, then, did | choose a wristwatch
with old-fashioned hands that go
round, instead of the more versatile
number type? It was a thing | debated
for a long time, as my earlier all-me-
chanical watch pestered me with the

usual annoyances—it not only stopped
when unwound but also stopped when
wound up fully; it gained two minutes,
then five minutes a day, and there was
no adjustment, nor could | remember
to remember when | had last reset it.
Its hands slipped loose and when put
back in place caught against each oth-
er, converting the hour hand into a
minute hand. Frankly, | never had a
watch in my entire life that didn’t pull a
few of these annoying stunts on me,
including an expensive Swiss pocket
watch | got when | was 15.

The reason | like hands on my watch
is simple. / read them at least twice as
fast as | can read and translate num-
bers into time. And this is a very potent
thought for all sorts of communica-
tions, digital or no.

What we must understand is that
time, like most other vital parameters in
electronics, is not by nature digital—it
doesn't come in digits. When we digi-
tize it, we are translating, just as we
translate a basic or natural audio sig-
nal into a set of discrete quanta. Every
time you look at a digital clock, you
must reconvert, D/A, back to the sim-
ple flow of time itself. Like all our new
digital processes, this one is extremely
rapid, to the point where you are most-
ly unaware of it. And yet when you see
3:52:30 and then say out loud, “It's
seven and a half minutes before four
you have performed a major translit-
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INTRODUCING
CONSTANT VELOCITY.

NOW YOUR CAR STEREO
CAN SOUND LIKE A
$1,000 SYSTEM FOR THE PRICE
OF A PAIR OF SPEAKERS.

Constant Velocity speakers from Audiovox are a totally new breed of car stereo com-
ponent. Inside each is a powerful biamplification system. But the real technological break-
through is a patented equalizing circuit that matches the amps to the speaker and
eliminates distortion at all volume levels. The result is exceptionally clean and accurate
sound reproduction. The kind no other car stereo speaker in the world can match one on
one. Audiovox. For over 18 years a leader in quality auto sound products. For the name
and address of the Constant Velocity dealer nearest you, write: Audiovox Corp., 150
Marcus Blvd., Hauppauge, NY 11788. Or call toll free: 1-800-645-7750
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AUDISPHILE FILE X1-8
* COMPACT DISC COMPATIBLE

Maxellintroduces the
new XL-S audio cassettes;
a series of ferricoxide
tapes which/deliver alevel
of performance that can
capture the soundnus
ances found on Com-
pact Discs more faithfully
than other ferric oxide
casseltes onthe market.

There are a number of
areas where this achieve-
mentis apparent.

GREATER
DYNAMIC RANGE.
Through a new formu-

lation of our rmagnetic par-
ticles, we'were able to re-
duce the perceived resid-
ual AC bias noise level by
1dBinthe critical 2kHz

to 10 kHz mid-frequency
range. And simultaneous-
ly iIncrease sensitivity and
maximum output levels
byasmuchas2 dB.

410
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104
— XLI-S
—— XLII-S

L4

Output Lievel (dB)
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As aresult, the dyna-
mic range ofieach tape
has been significantly
expanded. Soyougeta

©

iStortion
&

Harmonig Di

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

LOWER DISTORTION.

The newly formulated

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

DHST()RTION +FREQUENCY
CHARACTERISTICS

— XLI-S

Lo}

Freqlenay = e o
(o) | C"Hqlences
IMPROVED
MAGNETIC PARTICLES.

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

This allows usto create
agreater ratio of total sur-
face area to unit weight of
magnetic particles.

As aresult, our XL-S

Entef No. 32 on Reader Setvice Card

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

PACKING DENSITY OF
UNIFORM PARTICLES

Which is why Maxell
high bias XLII-S and nor-
mal bias XLI-S are unsur-
passed at reproducing
the sound qualities found
ontoday’s finest record-
ings. Regardless of _
whether your frame of ref-
erence is analog or digi-
tal audio discs:

For technical specifica-
tions on the XL-S series,
write to: Audiophile File,
Maxell Corp. of America,
60 Oxtford Drive,
Moonachie, New Jersey
07074,

1  maxell. xrs90

UPER FE EPITANIAL CASSETTE

l\ H

=

IT'S WORFH IT

©1984 Mol Drive. Moonache, N.J, 0707




Time, like most other vital
parameters in electronics,

is not by nature digital; it

doesn’t come in digits.

eration. That is very different from our
much-vaunted redundancy, the need
for excess and overlapping informa-
tion. This is a conversion, and a fairly
complex one at that. It wastes time
And energy of the human sort.

On the other hand, once you are
trained up to it, the moving-hand sys-
tem of indicating time is far more di-
rect, and inherently quicker. It is a one-
step process, visual position directly
into your choice of verbal expression, if
any. No digitalization in between. | am
definitely conscious of that difference
as | look alternatively at a set of time
numbers and at a set of hands. In-
deed, | observe that often enough / do
not verbalize the time at all. | know
what | need to know without the inter-
vention of words. | am late, period! /
know It so fast that there is no time or
need for words

We have committed ourselves to
numbers for communication far be-
yond any earlier period. The numbers
are easy to produce—that's why. But
are they easy to read? Another story
and, as A & P says, we had better mind
our Ps and Qs in this respect. Num-
bers are stylish and so we have gone
further into them than we should. True
we can learn to read numbers faster
and we do. We can, | suppose, learn to
use them without consciously speak-
ing their names in our heads. But the
‘position in space"” readout is always
going to be simpler, much more direct
to the brain, and therefore more vitally
useful. Colors in space, too. Why else
our familiar red, yellow and green? Po-
sition and color—instantaneous, un-
complicated perceptions—have been
recognized for centuries as the quick-
est way to affect intelligence when
speed is vital, as in all railroad signals
not to mention signals at sea, weather
information, traffic signs and so on
The old radios took traditional note of
this as the surest of principles. Num-
bers—but positioned out in space on
the radio dial. Television was the first to
depart, but there were only 13 chan-
nels to begin with. And at least they
remained in numerical order, which is
a subspecies of spatial position though
one stage removed already

Phase Three in the getting together
of audio hi-fi and video TV is going to
get us into this kind of thinking with a
vengeance—if we take the time to

think. We'd better. We are going to
have an incredible spread of new min-
iaturizations, of low power drains, of
versatility through microchips you can
hardly see. The Lorus watch, above
might roughly be compared to our
presently remarkable developments in
tubed miniature TV. The tube is still
there, and in most TV cameras too. But
it is already foreshadowing in size the
natural products of the coming tube-
less age. The intermediate composite
astonishingly ingenious, beautifully de-
signed and built (in Japan, of course),
is already markedly ahead of its time
(our present time), whether pocket TV
or tiny video camera. And already fore-
shadowing the new usefulnesses of
products yet to come, already incorpo-
rating some of them.

In the Lorus waltch, it's crystal accu-
racy and a power supply to last a year-
plus, even with an old-fashioned me-
chanical movement, pared to minimal
size and weight. In video, it's miniatur-
ization and portability—big things to
come and the wave of the future—but
still the old tube, similarly pared down
to minimize its tubeness

Curious that, at the present stage of
technology, the video composite for-
mat takes some odd twists. There is
the new camera with a main picture
receptor that—at last—is not a tube
but oddly, its finder, the tiny little B/W
screen that now inevitably serves that
function, remains a mini-TV tube. That
means high voltage and the usual high
drain, relatively speaking. Also the
slow warm-up, so familiar through de-
cades of every sort of tube. Even
though the main camera in this com-
posite is instantaneously ready to go.

Needless to say, the large run of
video products are not yet of this pro-
gressive and experimental sort. We are
still in Phase Two, decidedly, the inte-
gration of existing forms of video with
our existing forms of hi-fi audio. That's
another story and an exciting one, but
this cat, as | say, is on a hot tin roof and
I can't wait. | keep thinking of all sorts
of radical, crazy things the new video
and its new audio might do—the most
immediate, as should be clear to any-
one following the video news, being
the return to home movies, a somewhat
dead popular art in recent years in the
old and silent film medium. (Sound film
for consumer use has never managed
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Great Lies
of Hi-Fi
#1

“Spend Most
of Your Money
on Speakers”

It is a common misconception that the
most important component in a hi-fi
system is the loudspeaker. Mothing
could be further from the truth!

The performance of any loudspeaker
is limited by the performance ol every
component that comes before it in the
reproduction chain. Often, improving
the speaker serves only to more clear-
ly reveal faults that exist earlier in the:
system.

Or, more simply put, if you don't get
the information off the record at the
turntable, no component further down
the chain can recreate that missing in-
formation. This is the reason that a
moderately priced system with a Linn
Sondek LP12 tumtable, Linn Basik
LVX arm, inexpensive integrated amp,
and bookshelf speakers will sound
better than an expensive system with
a lesser turntable.

ANLINN
P2 JISONDEK

Whether you have an expensive hi-fi
or a moderately priced system, replac-
ing your existing turntable with a Linn
will result in a larger audible improve-
ment than any other change you could
make, regardless of cost! This may
sound like a pretty bold claim; don’t
take our word for it. visit a Linn/Naim
dealer and hear it for yourself.

Distributed in the U.S. by:

audiophile
systemys e

6842 Hawthorn Park Drive
Indianapolis, Indiana 4€220
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Position and color have
been recognized for
centuries as the quickest
way to affect intelligence
when speed is vital.

to get far off the ground and for good
reasons.) But now, in Phase Three vid-

eo terms, and audio terms, home mov-
ies are going to come back

Not really yet. The composite era is
working hard in that direction, even so
trying to achieve home-style moving
pictures with small cameras that really
aren't small when you come down to it,

dragging or carrying along VCRs too
plus long cables or packs full of batter-
ies, plus even a monitor playback-

excellent idea but even more cumber-
some as of now. And the whole thing
both complicated and hugely costly
But in Phase Three, in all its glory, we'll
have it! Plus more of the same. And
other changes s0 startling that one can

THE CENTER FOR THE
PERFORMING ARTS

Nowadays, there's no plece ike hame to enjoy the great
performances of our time. Protectand display your valued
audio, video and computes eqiipment with Custom

Woodwork & Design.

Handcrafted in select oak or welnut hardwoods, CWD’s
modaular furniture systems stand tFe test o7 sime. And only
CWD lets you add 'nsrack matching units and

accessories as your center expands!

Quality, versatility and value. Three good reasons why great
Home Entertainment Centers begir with Custem Woodwork
& Design. from $235. (Manuf. sugg. retail)

Call toll-free for the CWD dealer nearest you.

InNatural Dak, Dark Oak o- Natural & merican Wainut.

CWD

Custom Woobwork & DesigN

TOL.-FREE 1-800-323-2159
IN LLINCIS: 312-563-1745

Enter No. 20 on Reade Service Cerd

go way off the beam imagining them

And just to show you—one of my
own recent zany ideas. As a non-engi-
neer, | made a minor mistake when |
thought | understood one of the new
ways of video playback, using the
LCD. This system is practically with us
now and no dream product: The LCD-
type video screen. The LCD is all over
the place, including my stick-on watch
and my elderly (already) calculator. No
emitted light like the LED. Reflected
light. That's how my LCDs work. You
have to hold them in an outside light at
just the right angle

And flat! Look at the newest Canon
card calculator, so thin you can bend
the thing like a playing card. A reflect-
ed color picture like that? Wow!

Just like in the old comics, a 1.000-
watt light went on in my head. How
about a video postcard?

Undaunted by engineering prob-
lems, | worked it out in a few minutes
Flat, slim TV screen, postcard size,
portable. Like a postcard, you put its
LCD surface under a bright light for
viewing. But this would be a movie
postcard, receiving a TV signal (some-
how. . .). Sound too. Quarter-inch re-
ceiver, flat, along with the video, and
maybe a half-inch speaker under the
surface, up where the postmark usual
ly lands. Boy, am | a quick designer. |
just ignored the complications

Then Hitachi let me on to some fur-
ther truth. As | now soberly under-
stand, the LCD video screen will not
emit light but will reflect light, coming
from in front. Millions, maybe, of open-
and-close color blinds, switchable on
and off. When electronically off, they |
blend with the background. On, and
you see a tiny spot of dark color. Do |
have it right? If so, it sounds terrific to
me. You could do anything with that

Okay, then, let's make it an illuminat-
ed postcard, still flat and thin but with
built-in lighting. White LEDs? Some-
thing fluorescent? Anyhow, a nice, flat
battery inside, a la Polaroid. No mere
technical problems are going to faze
me, you see

So down with old-fashioned, silent
still postcards and also color prints
Maybe the Polaroid battery could itself
fluoresce, behind the LCD screen?
And hey, how about a paper-thin mini-
videocassette to play inside my new
color cards? There | go again 4
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lllustration: Michael A. Donato

SPECTRUM

IVAN BERGER

SOMETHING TO COUNT ON

Wwh

Finger Fun

Ken Pohimann's “Digital Domain’
columns have been talking about
binary, decimal, and unitary number
systems. The human hand can be
used to illustrate all three.

When we count on our fingers in
the normal way, we're using the
unitary system, letting one digit
stand for each item counted. That
limits our count to 10, unless we take
our shoes off.

The decimal system takes that
figure, 10, as its base. Using both

!ﬁ
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hands and feet and a combined
decimal/unitary system, we can count
up to 110, letting the fingers stand for
unitary digits while the toes stand for
unitary multiples of 10. Three toes
and two fingers symbolize "32," and
SO on.

But using binary, we can count up
to 1,023 on our hands, letting each
finger stand for a different power of
two. Both thumbs and the least-
significant pinky, for example, would
then stand for 00001 10001, or
decimal 49.

Audio on Video

Audio showed up on 200 New
Jersey TV screens last year as part of
a CBS experiment in videotex
programming. Viewers saw
information on the current issue's
contents, and abbreviated versions of
our Q & A columns and record
reviews. For those who didn't get to
see it, here's what we look like on TV
Film at eleven

MRS wuoio cuinic
- MAGAZTNE

0: My turntable plays records oul of
phase. When 1 reverse the leads to one
pair of speakers, the sound Is In
phase.

I must, however, return the leads of
this speaker to prorer phase to play
other praogram sourcCes

Is there a way to change phase at the

turntabie to eliminate the need to
change speaker connections?

-- Harvey Hyche, Roslyn Heights, NY
;I:!lrx!t]!isIl5"31::I1i&l!.lilll'llll

SPECIAL FEATURE: How to
build a low-cost stereo
enhancer, one of The most
successful and satisfying
accesso

ries available

Shed an Oxide, Shed a Tear

Polygram has been reissuing a lot
of jazz on CD lately, but some of
these releases have not been of the
artists' most popular recordings.
According to Billboard, Polygram’s
Barry Feldman has been picking
more for sound considerations than
for initial popularity. That's not just a
tribute to CD’s superior sound, either:
Feldman is quoted as saying,
"Unfortunately, the [master] tapes
from a lot of the great old jazz albums
are falling apart.

That points out another advantage
of digital sound: Archival stability
Some media (such as CD) should last
just about forever. And even if they

don't, digital's error-correction
capability should make it possible to
make perfect duplicates from tapes
which are starting to lose their
perfection, giving the old masters a
new lease on life.

On the other hand, today's digital
master tapes are on nonstandard
formats (as far as | know, there are no
standard ones), for which few
recorders exist. Some day, these
tapes might become unplayable—not
through deterioration but because the
equipment to play them has been
scrapped. | hope that, when a studio
standard does come into existence,
these masters will be dubbed to the
new format.

- M

RELORD BEVIEWE

I POPULAR B CLASSICAL

= =

Right/'Wrong EQ

My February item on "Prerecorded
Progress” pointed out, correctly, that
some recording companies, such as
A&M and Sine Qua Non, were using
chrome cassettes without the Type |l
recognition notch, so decks with

automatic playback-EQ selection

would play them with 120-pS
equalization. But | was incorrect in
assuming that this was a mistake.
According to Mark Fishman, Editor of
the Boston Audio Society's
publication The BAS Speaker, these
tapes “are intended for playback at
120-p.S equalization.” Musical

Heritage Society, he adds, offers
chrome tapes for 120-p.S playback
(marked "'Compatible Chrome—CrO,
tape—120 psec EQ") and for 70-uS
play (marked “Superchrome—CrO,
tape—70 psec EQ"). The latter tapes,
he points out, have the notch. BASF
has since confirmed this

18
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TO MAKE A CASSETTE TAPE SOUND LIKE MUSIC,
YOU'VE GOT TO KNOW WHAT MUSIC SOUNDS LIKE.

Think about it. What other tape manufacturer also builds professional It is this unique combination of technical and musical expertise that
recording equipment including 24-track and digital studio tape led Denan to use Dynamic Distortion Testing to optimize DX cassette
recorders? What other tape manufacturer has 72 years of expenence as a tape pertormance in the presence of real musical signals, not mere
major record cempany? Other tape manufacturers may talk about “digita! laboratory test tones. The result is the most musical of all cassette tape.
ready,;zlgut do you know Denon developed the digital recording process Denon DX-Cassette tape. When we claim it's better, we say it with
in 1972? music.

= OIERE IS
DEMOM™

2 om0 =m0 o 2P b 1y DENON 8t DX1/90

e il i e e e s ———— -

- DENON DX3/ 90

DENON suswmin DX4./ 90
DENON. i+ DX7/90

DENON === DX8,/90




When the Hollywood Bowl
chose a new sound system,
they took the speakers nght
out of your living room.

The world’s leading acoustic engineers chose
B.E.S. speakers to delight demanding audiences at
the world-famous Hollywood Bowil.

B.E.S. speakers radiate sound in a
360-degree pattern. With their com-
puter-designed planar diaphragms,
hugEh efficiency, and low distortion,

S. was the clear choice.

Hear them yourself. Wherever you
choose to place them, and wherever
you listen, B.E.S. delivers a lifelike
three-dimensional image—stereo
everywhere. Music in the round. Close
your eyes, and you're at the Bowl.

& BES.

Music in the round.

1984 by B.E.S., 345 Fischer Street, Costa Mesa, Ca. 92626 « (714) 549-3833

255 Mark Il
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Unannounced dbx
transmissions had
listeners phoning in
about the unusually
clean sound.

dbx Digital

The dbx 700 digital audio
processor, which uses a nonstandard
encoding format (see "Behind the
Scenes,” Jan. 1983), is beginning to
make a little news in broadcasting
RKO Radio used the system last
October, ih a coast-to-coast
broadcast of the Little River Band
from the Universal Amphitheater in
Los Angeles. The sound was relayed
to New York in digital form, then
decoded and sent in analog form to
RKO d4ffiliates around the country. In
March, public-radic station WGBH
Boston began using the system to
send Boston Symphony concerts
direct from Symphony Hall to their
transmitter site in Milton, Mass.
According to the station, their
unannounced initial tests of the
system had critical Boston-area
listeners calling in to comment about
the unusually clean sound.

3 IR W S @D

the perfect combination . . .

The musical accuracy of Bryston components is a revelation.
Every note emerges with perfect clarity from a background of
silence, then vanishes. The progression of musical events
seems real, tangible, almost visual in its presentation . . . .

Bryston believes there is a need for reference standards
of musical accuracy. That is why we designed our Models 2B,
3B and 4B power amplifiers, and our Model 1B preamplifier.
Their only reason for existing is to provide the most faithful
electronic rendition of a musical signal possible within the
bounds of available technology. Write to us and we'll tell you
how we doit, and where you can listen to our perfect com-

bination.
IN THE UNITED STATES: IN CANADA.
VERMON MARKETIN
4, Berhn, Montoeher, Vermont 05602 7A Westmore Dr, Rexdake Ontario, Canc 36
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Dubble Trouble

While cassettes can't match the
dynamic range of Compact Discs, |
do find that the best tapes | have are
those dubbed from CD (mainly using
Dolby C NR). And | still don't
sympathize with those who want to
tax tapes on the basis of lost record
sales—most of my dubbing is to
copy, for the car, records | already
own, or occdsionally copy, for friends,
records long out of print.

On the other hand, | do approve
the suit just filed in Tokyo by 20
members of the Japan Phonograph
Record Association. The aim was to
get an injunction against the shops
that both rent music tapes and
provide high-speed, coin-operated
dubbing machines. For under a
dollar, according to a story In
Electronics, you can copy an LP or its
equivalent in only three minutes. That
is an invitation to a rip-off.
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When was the last time this many
publications agreed on anything?

“The performance . . . was astounding . . . :

I can’t imagine anyone (buying) one of The most hlghly

these cars . . . without the music system.” acclaimed automotive
High Fidelity '

option. Awvailable only
on GM cars.

“. . . the one option no one should go
without . . .”

Motor Trend
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_ __ToNakamichi, _
Convenience without performance is unthinkable.

Now you have a choice of
three Nakamichi Auto-
Reverse Cassette
decks—each with
UDAR, Nakamichi's
revolutionary Unidirec-'§
tional Auto Reverse '§
mechanism that elimi- §
nates bidirectional azimuth "8
error and assures you of 20-
20,000 Hz response on both
sides of the cassette.

UDAR is simple, fast, and reliable. It automates
the steps you perform on a conventional one-way
deck. At the end of each side, UDAR disengages
the cassette, flips it, reloads, and resumes oper-
ation in under 2 seconds. Tape plays in the same
direction on Side A and on Side B so perfor-
mance is everything you've come to expect from
traditional Nakamichi decks—and more!

Every RX-Series deck records and plays both

RX-303

The RX-505's only
rival. Record/Play-
back Auto Reverse
in a 2-Head
Dual-Capstan
configuration.

sides of the cassette auto-
matically. Auto Rec Standby

simplifies recording
_ setup on each side
while a Dual-Speed
Master Fader helps you
make truly professional
tapes. Direct Operation
loads and initiates the de-
sired function at a touch, and
Auto Skip provides virtually con-
tinuous playback!

UDAR-the revolutionary auto-reverse record-
ing and playback system—only from Nakamichi
Check out the RX Series now at your local Naka-
michi dealer. One audition will convince you
there’'s no longer a reason to sacrifice unidirec-
tional performance for auto-reverse convenience!

19701 South Vermont Ave., Torrance, CA 90502 In Canada: W, Carsen
Co., Ltd. 25 Scarsdale Road, Don Mills, Ontario M3B 3G7

7 B\ Nakamichi

RX-505

The world's first
Discrete 3-Head
Auto-Reverse
Cassette Recorder.
Quite simply,

the best!

RX-202

The origin of the
UDAR revolution
The basic Unidirec-
tional Auto-Reverse
deck that outper-
forms the pack
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IVAN BERGER

CD ON THE ROA

CD on the Road

There's little question that we'll have
the option of equipping our cars to
pltay Compact Discs, probably about
the beginning of '85. What I'm
beginning to wonder about, though, is
whether we'll want to.

The chief advantage, to me, of a

car CD player is the ability to play
records from my home collection
directly, without having to tape them
first. On the other hand, CDs will only
form a small part of my collection for
some years to come (| have a few
thousand recordings, in various
formats, about as many as all the

titles that are out yet on CD). A CD
player in my car would only be able
to play those few recordings; a tape
player can play anything in my
collection that | take the time to tape.
The best tapes | have now, in fact,
are those I've dubbed from Compact
Discs. The other main CD advantage,
wide dynamic range, is less of an
advantage in the car, where the noise
floor is 20 to 30 dB higher.

Now for the disadvantages: You
can't open today's “jewel-box” CD
package with one hand, which you
would have to do while driving. And |
don't want to subject my expensive
CDs to the car's environment, where
they're likely to be warped (or, | hear
delaminated) by heat, scratched by
the omnipresent grit, and more likely
to be stolen. Considering that | can
tape several CDs for the cost of
replacing one of them, | think I'll stick
with tape as my main mobile music
souce

That doesn't mean | won't try CD in
my car as soon as it's available.
Practical considerations may
moderate my enthusiasms, but they
cannot completely kill them.

Equalizer Inequalities

Equalizers are not all alike, nor are
similar equalizers necessarily labelled
similarly. For example, Kenwood has
a three-band "equalizer,” while
AudioMobile's three-band unit is a
‘preamp.” Which is correct? You can
make a good case elther way. Many
home preamps, for example, have
three-band tone controls (bass, mid,
treble), but most home equalizers
have five bands or more. Yet, having
the three-band AudioMobile unit in my
car, | can see just how useful an
equalizer it is, especially as its high
and low bands cover the frequency
extremes (50 Hz and 10 kHz), rather
than duplicating the wider range of
bass and treble tone controls. In
former days, | had a Clarion system
with a five-band equalizer and no
tone controls. (Plugging in the EQ
disabled those controls, to keep users
from blowing out their speakers by
turning bass and treble up full on
both the tone controls and the EQ.) |
found it took more of my attention to
get the sound | wanted with the five-

band EQ than with my present three-
band whatever and tone controls. (On
the other hand, the speakers | then
had were far from being as flat as the
ones | now have.)

Then there's the question of how
much an equalizer's controls should
boost or cut. Most have a range of
+12 dB, with a few (AudioMobile
Craig, Monolithic and Zapco) offering
more, Linear Power offering slightly
less (=9 dB) and Proton offering a
switchable choice (+12 or =18 dB)

The narrower a control's range, the
easier it is to adjust precisely. But |
discovered that the Proton’'s control
slope was steeper in its 18-dB range
effectively narrowing the band of
frequencies controlled

So wide-range controls have an
indirect benefit, but I'm not so sure
about their direct ones. Assuming
decent speakers, decently instailed,
the system’s response should never
need a boost or cut of 12 dB or
more—and extreme boosts can blow
speakers, or at least push amps
nearer their distortion points. The

odds are, too, that an equalizer's
bands won't be at the precise points
needed to neuttalize system defects
without causing problems elsewhere.
The only time | ever use one of my
AudioMobile's controls to its full 15-
dB capacity is when | need to cut
high-frequency garbage in my source
material. Then, | sometimes use full
cut on the 10-kHz band; the rest of
the iime, | use so little of that range
that precise control is difficult

if | were designing a car equalizer
for use with good systems, it would
have either three bands (spaced
about like AudioMobile's now—50 Hz
2 kHz, 10 kHz) or possibly four (the
extra one splitting the midrange). The
control ranges would be limited to
about +8 dB for all but the
uppermost band—that one would be
asymmetrical, something like +6,

15. Filter steepness (Q) and
perhaps center frequency would be
selectable, but the switches would be
screwdriver types, used for setting up
the system but untouched during
normal operation.
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PHASE-CONTROL-REGULATION®
FROM
THE WORLD’S SMALLEST, LIGHTEST,

MOST POWERFUL CONTINUOUS POWER
STEREO AMPLIFIER!

205 WATTS* s 449
per channel @ 8 ohms »

For the ULTIMATE in Stereo Amplification. Add a SECOND PCR800
to your Scundcraftsmen DX-series Preamp and your PCR800 for..

555 WATTS per channel @ 8 ohms!
(*Full FTC Specifications, 20 Hz-20KHz < 0.05% THD)

AMERICA’'S LEADER IN AMPLIFIER,
PREAMPLIFIER, EQUALIZER
AND ANALYZER TECHNOLOGY...

cﬁm%%&wm

DIGITAL QUARTZ STEREO TUNER..........s299"

AM-FIA-FM Stereo Tuner with 7 AM, 7 FM Station Presets, Automatic or Manual
Scanning, Active High Blend Circuitry. ..

WORLD’S MOST VERSATILE
PREAMPLIFIERS ................5399 to $699.

Unique Equalizer/Preamplifiers and Straight-Line Preamplifiers featuring —97dB
Phong S/N. Adjustable Phonc Capacitance and Impedance, Moving Coil Inputs,
Phono Input Level Controis. Exclusive AutoBridge® circuit for Mono Operation of
Stereo Amplifiers @ TRIPLE POWER OUTPUT, versatile Push-Button Patch Bay
with Two External Processor Leops, Digital and Video/Audio Inputs, Precision Pas-
sive Coil EQ Circuitry and Differential/Comparator® True Unity Gain for Highest
Gain, Lowest Distortion and No “Clipping” of Wide Dynamic-Range Material.
Computone charts included. ..

WORLD'S MOST ACCURATE REAL-TIME
ANALYZERS AND EQUALIZERS ......s189 to $699.

REVOLUTIONARY Differential/Comparator® circuitry makes possible Accuracy to
0.1dB! Automatic or Manual Octave Scanning for Fast, Accurate Analyzing and
Equalizing. Freclsion Passive Coil Filters for Highest Gzin, Lowest Distortion, Scan-
Alyzer Models. With and Witiout Built-in Equalizers. No Calibrated Microphone
necessary. Computone Charts Included.

REVOLUTIONARY CLASS “H” AND
POWER MOSFET AMPLIFIERS ... .s449 to $1,199*

The most advanced Stereo and Professional Amplifiers featuring Class H Dual
Signal-Tracking Power Supply, Auto-Buffer® for Continuous 2-Ohm Operation, No
Current-Limiting, Auto Crowbai QOutput Protection, Pawer MOSFET circuitry for
Highest Reliability, Calibrated LED meters...

*Genuine Oak or Wainut. Side Panels are Optional Extra.

FREE!
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A008 @ @ BUHER @ @ PECC
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$19.95 EQ-EVALUATION KIT, includes 1-12" LP Frequency Spectrum Analysis Test Record, 2-sets of Computone
Charts, 1-Connector Cable for comparison test, 1-instruction folder.

JUST WRITE TO US OR CIRCLE READER SERVICE CARD # for FREE SPECIAL OFFER DETAILS.

2200 So. Rirchey, Santa Ana, Calfornia 92705, U.SA flelephone (714) 556-6191/U.S. Telex/TWX 910-595:2524 « International Telex: 910-595-2524/Answer back Code SNOCRFISMN SNA
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BEHIND THE SCENES

BERT WHYTE

PREMIER PERFORMERS

cussed tube amplification technol-

ogy—past and present. | reported
on some of the lower priced tube
equipment, and promised that down
the line | would cover high-end tube
equipment—specifically, conrad-john-
son’s Premier One amplifier and Pre-
mier Three preamplifier. These units
are generally considered as being at
the “cutting edge” of tube amplifica-
tion design

As | pointed out in my previous col-
umn on tubes, these conrad-johnson
units are particularly prized by the un-
derground audio press and their read
ers. | wondered what these people
found so attractive about tube equip-
ment. | know a number of individuals
who are devotees of the technology,
and asked them to express their opin-
ions on why they favor tube sound
Their answers were pretty much as |
had expected. They talked of the
"smoothness” of the sound, the ab-
sence of "graininess” and "overbright

In the December 1983 issue, | dis-

tizzy" top end. The sound had an
‘open, airy, and transparent” quality
They liked the "imaging,” ‘stage

width,” "sense of depth” and "ambience
preservation.” Above all, they stressed
that these qualities added up to what was
reverently described as “musicality
These people contend that even with
the most sophisticated and expensive
solid-state preamps and amps, this
vaunted "'musicality” is missing
Acting on a hunch, | asked these
tube aficionados what they thought of
digital sound, and most especially the
Compact Disc. Almost to a man, they
turned out to be vociferously anti-digi-
tal! | asked them if it had occurred to
them that the negative qualities they
had ascribed to solid-state equipment
over the years was somewhat akin to
what they disliked about digital sound
Well, we won't get into that can of
worms! Suffice to say, some people
like vanilla, and some like chocolate. A

y needling them, and | would never
summarily dismiss their notions about
'musicality” as mere self-delusion
The conrad-johnson Premier One is
a big amplifier. It measures an impos-
iNng19in. W x 10in.H x 2t in. D and
at 135 pounds, is one of the heaviest
amplifiers—tube or solid-state—extant
A large part of this weight is due to the

number of my friends knew | was gent- .

massive power and audio transform-
ers. The main power supply provides
more than 4,000 wF at 550 V. After the
input condenser, the power supply is
separated for each channel to reduce
stereophonic cross-coupling. A cas-
code triode pair of 5751 tubes is em-
ployed at the input as a voltage ampli-
fier. As described by Bill Conrad and
Lou Johnson, “This high-gain, phase-
linear single stage is direct coupled to
a cathode-coupled, differential phase
inverter made up of paralleled sections
of high-current triodes (6FQ7) to pro-
vide balanced low-impedance drive to
the push-pull output stage. The output
stage utilizes paralleled 6550 tubes, a
total of six per channei.” The arrange-
ment features ultralinear operation at
high power levels, while reducing the
source impedance of the stage. Thus,
the amplifier is capabie of the high
current necessary to handle high-am-
plitude transients

Power output of the Premier One is
rated as 200 watts per channel rms at
4, 8, or 16 ohms from 30 Hz to 15 kHz
with no more than 1% total harmonic or
intermodulation distortion. Two hun-
dred watts is a high output for a tube
amplifier, and for many years, the only
tube amp with that kind of power was
the 200-watt Mcintosh. George Piros,
the disc cutter for the late Bob Fine,
used a Mac to drive the special Milier

cutter head when the superb Mercury
Olympian Series recordings were
made

It is interesting to note that conrad-
johnson uses domestically manufac-
tured tubes (including the 6550 output
tubes) in the Premier One. Many own-
ers of tube equipment are always look-
ing for esoteric Russian or other for-
eign tubes which purportedly are bet-
ter than American tubes. The folks at
conrad-johnson say they have exten-
sively researched the performance of
U.S. versus foreign tubes, and, for their
purposes, the American tubes are su-
perior. In fact, they state that substitut-
ing foreign tubes in the Premier One
will significantly degrade its perfor-
mance. The company also points out
that their tubes have been tempered
by a controlled bum-in procedure, per-
mitting extended performance of up to
two years without sonic degradation

A nice feature of the Premier One is
its output-tube bias-adjustment sys-
tem. The amplifier is connected to a
oudspeaker, the preamplifier to the
amplifier with the volume control fully
off, and no signal is applied to the
amplifier. Through the perforated metal
cover of the Premier One, screwdriver-
adjustable controls (one for each out-
put tube) are turned clockwise until an
associated red LED is illuminated
Next, the controls are turned counter-
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The conrad-johnson
Premier One and Three do,
indeed, present a broad
sound stage and a great
sense of depth.

1

clockwise until the LED is just extin-
guished. After a 30-minute warming
period, the procedure is repeated and
that is all there is to do. With this bias-
ing system, it is not necessary to buy
output tubes in matched pairs. In use,
the Premier One generates quite a bit
of heat, but not as much as some
Class-A amplifiers; it operates in
Class AB.

Considering that this Premier One is
a tube amp, its rated hum and noise
figure is extraordinarily low, 100 dB
below full power output. That is right in
line with noise figures of top-quality
transistor amplifiers. Frequency re-
sponse of the Premier One is rated
within +0.5 dB from 20 Hz to 20 kHz.
This unit costs $4,350.

The conrad-johnson Premier Three
is the Premier One's companion pre-
amplifier. It measures 19 in. W X 5%
in. H x 12% in. D. The unit has an
attractive gold finish and solid-metal
control knobs for volume, balance, and
mode and input selection. Pushbuttons
control on/off, muting, and tape moni-
tor. There are two tape monitor func-
tions and two main outputs. The rear
panel has inputs for phono, AUX, tun-
er, and tape record in and out. Two
switched and two unswitched a.c. re-
ceptacles are provided. Herewith is
conrad-johnson's description of the
Premier Three preamplifier circuit:

“The Premier Three phono stage
consists of two stages of cascode tri-
ode pairs. This provides sufficient
open-loop gain to achieve optimum
feedback ratios even at bass frequen-
cies. The second stage is direct cou-
pled to a cathode follower which drives
the feedback loop as well as the out-
put. Phono equalization is accom-
plished by RC networks in the feed-
back loop. A generalized anode follow-
er configuration on the second cas-
code stage tailors the circuit's open
loop response to maintain a constant
feedback ratio across the audio spec-
trum.

"The line amplifier stage uses two
triode amplifiers, separated by a cath-
ode follower which maintains open-
loop phase linearity at high frequen-
cies. The second amplifier stage is di-
rect coupled to a cathode follower to
achieve low output impedance.

"Plate voltages are supplied by a
separate circuit for each channel. Spe-

cial voltage regulators effectively iso-
late the two channels as well as elimi-
nate line voltage fluctuations. The reg-
ulators achieve an extremely low im-
pedance supply for the audio stages.

“Filaments are operated at a regulat-
ed d.c. voltage to eliminate coupling of
subsonic line voltage disturbances to
the audio signal.”

Phono input is the industry standard
47 kilohms and 100 pF. RIAA equaliza-
tion is within 0.25 dB from 20 Hz to 20
kHz. Phono overload is in excess of
500 mV at 1 kHz. Phono gain is 40 dB,
and phono hum and noise is 72 dB
below 10 mV.

The phono input is for moving-mag-
net cartridges, but | am a bit surprised
that no moving-coil phono input was
provided on a preamplifier of this price
($2.850) and sophistication.

As in the Premier One, the Premier
Three's tube complement (two
12AX7s, five 5751s, and two 5965s)
has undergone the special burn-in pro-
cedure for extended life. And here, too,
conrad-johnson does not recommend
the use of foreign tubes.

The high-level gain for the Premier
Three is 28 dB, and maximum output is
25 V. Response bandpass is 2 Hz to
more than 100 kHz. High-level hum
and noise is 84 dB below 2.5-V output.
Total harmonic and intermodulation
distortion are specified as less than
0.05%

| hooked the Premier Three into the
Premier One and added a Sota Star
Sapphire vacuum turntable with Sumi-
ko's The Arm and a new Grado Signa-
ture Eight phono cartridge. | also used
Technics, Kyocera and Sony CD play-
ers, the Sony PCM-F1 digital proces-
sor, and my Ampex 440C open-reel
recorder. In other words, | had plenty
of top-quality input sources. | used a
number of speakers, ranging from
Quad ES-63s and B & W 801s, to IMF
Monitor Sevens and the new Duntech
PCL-3 planar wall loudspeakers.

Did | perceive the same qualities of
performance as the "tube freaks"? It is
best to remember | had not listengd to
a tube preamplifier/amplifier combina-
tion for many years, especially units
with this degree of sophistication and
quality. | was very pleasantly surprised
by many of the things | heard, less so
with some other things. The conrad-
johnson Premier Three and Premier

-

One did, indeed, present a broad
sound stage, a great sense of depth,
and more retrieval of hall ambience
(with selected recordings). There was
an airiness, a transparency, and a
more evanescent quality to the sound,
especially notable with strings and
woodwinds. The smoothness tube lov-
ers prefer was certainly evident. Trans-
ient response from piano, percussion,
and guitar was fast and clean but not
with the super-fast attack of amplifiers
like the Levinson, Krell, and Citation
XX. Bass response was better than is
traditionally expected of tube amplifi-
ers. It was clean and extended, but the
lower damping factor meant less con-
trol and a thickening in the lowest fre-
quencies. However, it was not tubby
and should be fine except with speak-
ers which produce a really lumpy low
end. Vocal and choral work fared very
well, with a fine sense of presence and
no blurring.

With digital vinyl, CDs and digital
tape, did the tube equipment produce
sound any different than solid-state
units do? Not appreciably. In some of
the shriller CDs, the sound did seem to
smooth out somewhat. Did all the nice
things | heard add up to this much-
abused term, musicality? Can musical-
ity equate with accuracy? Is it more of
a euphonic coloration (a phrase be-
loved by the little magazines) than a
superior reproduction of sound? Per-
haps it is like a well-known and expen-
sive phono cartridge, of which audi-
tioners say, "If it doesn't sound like
music, than that is how music ought to
sound.

In several months of use, | found the
conrad-johnson Premier One and Pre-
mier Three very reliable, and all con-
trols were very smooth and positive in
operation. These components repro-
duce recorded music with all the pa-
rameters so beloved by the tube cult-
ists. Their sound falls extremely easy
on the ear

(Note: In my April and May columns,
| inadvertently caused some confusion
as to the location of two companies.
Duntech loudspeakers are imported
by W & W Audio, 4821 McAlpine Farm
Rd., Charlotte, N.C. 28226. Compo-
nenis developed by Win Labs are
available through Tru-Sonics Market-
ing, 7320 Hollister Ave., Goleta, Cal.
93117 —B.W.)
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HOLOGRAPHIC INTERFEROMETRY DEMONSTRATION SHOWING HOLOGRAPHIC INTERFEROMETRY DEMONSTRATION SHOWING
DISTORTION IN A CONVENTIONAL SPEAKER AT 265 Hz NO DISTORTION IN A SONY APM SPEAKER AT 265 Hz

WHY WASTE
THE PERFECTION OF
DIGITAL SOUND ON
THE IMPERFECTION
OF ACONVENTIONAL

SPEAKER?

As truly remarkable as the digital compact disc  Because it's flat, it ehminates cavity effect. Because it's
Is, it has one equally remarkable side effect. Namely, aluminum, it resists bending—a major cause of dis-
along with taking the mask off sound, it also unmasks tortion in paper drivers. Yet it's light in weight for truly
the flaws in your loudspeakers excellent transient response
Distortions like “cone flexing, “split vibration” and But Sony goes further. APM drivers are square to
“cavity effect,’ which were hereto- dramatically reduce split vibration
fore barely audible, are now discern- For a most convincing demonstra-
ible when listening to music tion call 1-800-222-SONY for the
To eliminate the flaws inherent name of your nearest APM dealer, and
In every conventional driver, Sony audition the first speakers of the
has radically redesigned the speaker digital age from the people who were
from the bottom of the woofer to the present at its creation
top of the tweeter
The buckling, flimsy paper THE L§“o -%g{%\um
cones have been replaced by a rigid, \ o e e ek s e T G
aluminum honeycomb construction is a registered trademark o '
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DIGITAL DOMAIN

KEN POHLMANN

ALMOST FREE SAMPLES

installment, encouraged

by positive comments
from people who are en-
thused about digital audio
and anxious to learn more.
Surprisingly, a lot of you
have confessed that you still
haven't heard true digital re-
production; | strongly en-
courage you to visit a good
stereo shop and take a lis-
ten, because | think you'll
like it. Meanwhile | hope
these columns pique your
curiosity, sustain your inter-
est, and develop your un-
derstanding of digital audio.
Thus, I'm forging ahead with
more theory and explana-
tion; stick with it and soon
you'll be a bonafide digital
audio expert.

So far we've discussed
numbers, information, civili-
zation, reality, and motorcy-
cles. Our next topic relates
to all of these, as well as
everything else in the uni-
verse. First, some observa-
tions: Digital information can
exist only in pieces, as dis-

I 'm back again for a third

as the conditioned, unsam-
pled signal. To illustrate this,
let's try another analogy.
Let's suppose we mount a
movie camera on the han-
dlebars of a motorcycle and
go for a spin, up and down-
hill, over smooth pavement
and some not so smooth
and then we head back and
process the film. When we
audition our piece of avant-
garde cinema, we discover
that the discrete frames of
film successfully come to-
gether to reproduce our
ride, uphill and down; it
looks great. But when we
come to some bumpy pave-
ment, our picture is blurred,
and we ascertain that the
quick movements were too
fast for each frame to cap-
ture the change. We draw
the following conclusions: If
we increased .the film
speed, using more frames
per second, we would be
able to capture quicker
changes. And if we com-
plained to City Hall and
had the bad pavement

crete values, as numbers. L
And that is a vastly different approach
than with analog, in which one continu-
ous, infinitely indivisible value is re-
corded. At first glance, you might think
you're getting less for your money with
digital—a finite number of fixed values
as opposed to an infinitely changing
one. In actuality, digital is often the
better deal because we can more pre-
cisely manipulate discrete values and
thus get more and more accurate infor-
mation from the recorded data. That,
more or less, is why digital computers
are taking over the world

With analog recording, we merely
rolled tape or cut a groove, but with
digital we must choose numbers. The
first question we are faced with is: How
many numbers do we want? In other
words, how often do we record a data
point? That is, how fast do we sample?
And the idea of sampling is bound with
the idea that relates to everything in
the universe—and that is time. It is
important for us because what we are
dealing with is time sampling. This is
the essence of what makes digital tick.

Speaking of ticking, and time, let's
try a clock analogy to illustrate how a
digital music system might differ from
an analog system. Time seems to flow
continuously (more on that later), and
the hands of an analog clock sweep
across the circle of hours, covering
each part of time. A digital readout
clock also tells time but with a discrete-
ly valued display; in other words, it
displays a sampled time. It's the same
with music. Music varies continuously
in time and may be recorded and re-
produced either in continuous analog
form or time-sampled digital form. Just
as both clocks each tell the same time,
both types of recordings each play the
same music.

Intuitively, a nagging question pre-
sents itself at this point in time. If a
digital system samples discretely
what happens in between samples?
Haven't we lost the information going
on between samples? The answer, in-
tuitively surprising, is no; given correct
conditions, no information is lost. The
samples contain the same information

smoothed, then there would
be no blur even at slower frame
speeds, and our movie would perfectly
reproduce our motorcycle ride (except
our hair wouldn't be blowing in the
wind). We settle on a compromise; we
have the roads fixed so no one feels
the bumps, and then we use a film
speed adjusted for a clean picture
Just.as the discrete frames of a mov-
ie create moving pictures, the samples
of a digital audio recording create
time-varying music; there is little con-
ceptual difference between the visual
anc aural systems. In a digital audio
system, we must smooth out the
bumps in the incoming signal; specifi-
cally, it is low-pass filtered at 20 kHz.
When this above-audibility filtering is
accomplished, we can successfully
sample the signal such that there is no
loss of information between the sam-
pled signal at the output and the
smoothed signal at the input. It is not
an approximation; it is exact. When the
input is smoothed, we can compute al/
the intervening values without error
and thus re-create the original wave-
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Just as discrete frames of a
movie create moving
pictures, samples of a
digital audio recording
create time-varying music.

form smoothed at the outer limit of au-
dibility. And fortunately, the sampling
rate required to achieve this is well
within our technology. The Nyquist
sampling theorem shows that we must
sample at a rate twice the highest
throughput frequency to achieve loss-
less reproduction. Thus, for an input
signal extending from 0 Hz to 20 kHz,

frequency, or 40 kHz. And that is es-
sentially what manufacturers have
adopted, with a guardband to make
life easier on their hardware engineers;
they need a little leeway because the
analog filters used cannot cut off as
suddenly as the sampling theorem
would like. Thus, a few thousand hertz
are allowed for the filter to sufficiently
attenuate the signal. An alternative ap-
proach to these so-called brick-wall fil-
ters is the oversampling technique, in
which the sampling rate is effectively
extended to permit less drastic filter-
ing. Regardiess of the hardware de-
sign, the Nyquist theorem must be ob-
served, and sampling must occur at
least at twice the highest signal fre-
quency. Compact Disc players, for ex-
ample, sample at 44.1 kHz. Thus,
44,100 times a second, a CD player
outputs a value. With stereo, that's
88,200 times per second. And over the
course of an hour, that's about 3.2 mil-
lion samples. For a Compact Disc
costing $15, this means you're paying
about 0.0005¢ per sample—almost
free. At any rate, the point is clear: A
smoothed signal may be sampled
stored in discrete values, desampled,
and reproduced without any loss

Of course, this discussion doesn't
close the book on sampling. Later, we
will discuss exactly why we have to
have a low-pass filter at the input of a
digital music system (and at the out-
put, too), what happens if we don't,
and why some digital systems choose
sampling methods which require rates
in the megahertz range. And time sam-
pling is only half the battle; a digitat
system must also be able to determine
the actual numerical values it will use
at sample time to represent the original
waveform's amplitude; we'll byte into
that question next month

Oh, | almost forgot! | mentioned that
time seems to be continuous. How-
ever, some physicists have recently
suggested that, like energy and mat-

we must sample at twice the highest
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ter, time also might come in discrete
packets. Just as this magazine con-
sists of a finite number of atoms, the
time it takes you to read the magazine
might consist of a finite number of time
particles callec “Nows." Specifically
the indivisible pericd of time might be
1 x 10~ %2 seconds (that's a 1 preced-
ed by 41 zeros and a decimal point)

=L

The theory is that no time interval can |
be shorter than this, because the ener- |
gy required to make the division would
be so great that a black hole would be
created and the event would be swal-
owed up. If any of you out there are
experimenting in your basements with
very fast sampling rates, please be
careful A
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Desisned-In Stereo

MATTHEW POLK

hen made commonly available in the 1950s,

stereo revolutionized the quality of reproduced

sound. Originally conceived before the turn of

the century, stereo reproduction was not made
practical until the invention of a stereo disc recording and
playback system at Bell Labs during the early 1930s. Due to
the economic effects of the Depression and the turmoil of
World War |l, stereo was not introduced to the general
public until the 1950s. In the interim, many fundamental
works on acoustics and sound reproduction were written,
but from a strictly monaural point of view. A framework of
monaural theory was created, within which sound-reproduc-
ing equipment, mainly transducers, was designed and its
performance judged. Stereo, in no small measure, owed its
success to its superficial compatibility with existing monau-
ral equipment and the fact that engineers could apply famil-
iar monaural concepts to the design of equipment for ste-
reo. The first stereo systems offered were, in fact, two
separate and complete mono systems linked by a common
volume control and fed by a “new" stereo disc player. The
concept of stereo as “dual mono" reproduction continues to
this day, especially as regards the design of loudspeakers.
In addition, criteria for measuring the performance of the
equipment also remain unchanged from the days of monau-
ral reproduction.

Matthew Polk is Chairman of the Board and
Vice President/Engineering of Polk Audio, Baltimore, Md.

“Horizontal Plane
Sound
Source &

Median Plane

Fig. 1—Localization by Interaural Intensity Differences.

Mono Versus Stereo

Stereo is an essentially psychoacoustic phenomenon.
That is, a listener is required for the sound localization
process to take place. Early experimentation with reproduc-
tion of sounds in stereo revealed that the human hearing
process perceived certain limitations in the sonic image-
produced by multiple speaker systems. Using essentially
the same speakers as had been used in earlier mono
systems, the sound field was perceived to be limited by the
physical positions of the loudspeakers. Despite this limita-

32

Hustration: Akio Matsuyoshi

AUDIO/JUNE 1984







Sound Source
Wavelength=X

<
R . ke ®

PhaseLag, §= Qfx 360°

Fig. 3—Localization by Interaural
Time Delay (ITD), where t is the time
required for sound to reach the

-90° l\} +90°
}'——4'1:\(1 max.
=gyt 2d
6=SIN 3
Fig. 2—Localization by Interaural
Phase Differences.
o
r-Median Plane
~ iyt ot
8=SIN At max.
-90° \ — +90°
|-——+—At max.

nearest ear and At is the delay in
reaching the other ear, also known as
the Interaural Time Delay.

tion, stereo imaging was a great im-
provement over the monaural image,
and stereo became an unqualified
success. Once stereo was firmly es-
tablished, attempts were made to pre-
sent a more complete sound field, the
most notable of these attempts being
the ill-fated four-channel systems of
the '70s. In the mid-'70s, several of us
at Polk began to wonder whether it
was necessary to use additional chan-
nels to create a more realistic sonic
image. We could show that, in theory,
there was enough information con-
tained in two normal stereo channels

to define at least a 180° sound stage,
and indications were that even more
might be possible. This gave us confi-
dence that a more complete sound
stage might be reproduced from exist-
ing stereo recordings. Recognizing
that the equipment being used to re-
produce stereo was basically un-
changed from monaural equipment,
we saw that we would have to expand
our concept of what the equipment
was being asked to do. More than
asking the equipment simply to repro-
duce an input signal, we proposed to
make the equipment work with, rather

than against, psychoacoustic princi-
ples, to re-create a sound stage in the
listener's mind.

Directional hearing is primarily a bin-
aural process. In simplest terms, the
brain compares the sounds heard by
the two ears and uses the difference to
determine the direction and distance
of the sound source. The differences
between the sounds at the two ears
are perceived in three ways: Intensity,
phase, and arrival time. (See Figs. 1
through 5.)

In each case, the listener uses two
signals, one at each ear, to localize the
sound source. However, a stereo sys-
tem has two speakers, and will provide
the listener with a total of four signals
(see Fig. 7). The sound from each
speaker that crosses the listener's
head to the opposite ear is known as
interaural crosstalk. Experimenters in
directional hearing were the first to be
troubled by interaural crosstalk since
its existence prevents the independent
control of phase and arrival time of
sounds at each ear. Interaural cross-
talk was also thought to be the primary
cause for the limitations on stereo im-
aging. The obvious solution was, of
course, to use headphones, thereby
eliminating the interaural crosstalk
sound paths. This was a very satisfac-
tory means to an end for psychoacous-
tic research, but it was not as success-
ful in the reproduction of music. Al-
though the elimination of interaural
crosstalk seemed to give significant
advantages to headphones, the
phones still failed to produce a con-
vincing sonic illusion. Clearly, there
were numerous questions still to be
answered about the stereo imaging
process before approaching the final
question of how the reproducing
equipment should interact with the lis-
tener to produce a believable sonic
illusion.

It seemed natural to focus on the last
link in the reproducing chain, the loud-
speaker, in an effort to develop the
necessary understanding and control
of the stereo imaging process. The fact
that two loudspeakers could produce a
phantom image between them was
well known; the basic mechanism is
shown in Fig. 7. The major difficulty
here is that the two speakers will pro-
vide the listener's ears with four sig-
nals, whereas only two can be properly
used. To avoid confusion, the hearing
mechanism selects only one of the two
sounds at each ear, according to a
principle known as the precedence ef-
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fect. First described in 1949 by Helmut
Haas, the precedence effect simply
states that only the first arrival at each
ear will be used for directional location
(see Fig. 6). It is not difficult to apply
this concept intuitively to the stereo
listening situation shown in Fig. 7. If
both speakers produce the same
sound at the same time, the first sound
to arrive at each ear will be the direct
sound from the speaker on that same
side. The second sound at each ear
will be the interaural crosstalk signal
which has been delayed by traveling
the extra distance across the listener’s
head. Since the direct sounds arrive
first, they will be the only ones consid-
ered, and since they arrive coinciden-
tally, and with near-equal loudness, the
listener will perceive a phantom sound
source as if it were centered between
the speakers.

Although this situation was easy to
analyze intuitively, we realized that
more complex cases would be easier
to approach with an appropriate math-
ematical notation. Two quantities char-
acterize each of the signals arriving at
the listener's ears, arrival time and in-
tensity. Ignoring any electrical delays,
the arrival time of the sound will be
proportional to the distance traveled in
reaching the ear. Relative intensity is
easily expressed as a ratio. So, the
signals reaching the ears can be ex-
pressed as a function of the time re-
quired to reach the ear, mulitiplied by
the sound intensity relative to that at
the other ear.

Accordingly, the left and right loud-
speaker signals were considered as
functions of time. If the time required
for the sound from the left loudspeaker
to reach the left ear is t, that signal at
the left ear would be written as L(t). If
the interaural time delay for the same
signal to pass across the listener's
head to the right ear is At, then the
time required for the left signal to reach
the right ear will be t + At,. That cross-
talk signal would then be written as
L(t + At). Using this notation, the sig-
nals at each ear in Fig. 7 will be:

Right Ear

Re = R(t) + L(t + At) (1a)
Left Ear

Le = L() + R(t + At) (1b)

From this point on, | will use At, as
the notation for the interaural time de-
lay associated with the positions of the
loudspeakers.

78msec

78 msec 90" (

Fig. 4—Experimentally determined
values for the interaural time delay for
various angles of incidence.
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Fig. 5—The Interaural Difference
Spectrum (IDS).
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Interaural Crosstalk Distortion

Two speakers will produce a con-
vincing center image—but what hap-
pens as the image moves to the side?
In Fig. 7, each ear receives two sig-
nals, the direct sound followed by the
interaural crosstalk signal (Eq. 1).
Turning the right speaker off would
represent the most extreme leftward
shift of sonic image on the basis of
interaural intensity difference. Only one
signal at each ear would remain:

Re = L(t + At)
Le = L(t)

(2a)
(2b)

In the absence of a right-speaker
signal, the crosstalk signal becomes
the first right-ear arrival and causes the
sound to be perceived as coming from
the left loudspeaker. The same would
happen on the other side if the left-
channel signal were turned off. The
presence of the interaural crosstalk
signals effectively cuts off the sound
stage at the loudspeaker positions.

Suppose that one channel is de-
layed relative to the other. This also will
cause the sonic image to shift. If right
is delayed by At relative to left, we
have:
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leave the speakers at the same time,
the sound will seem to originate
directly between the speakers.

Re = R{t + At) + L{t + At)
Le = L{t) + R{t + At + At)

(3a)
(3b)

As the right-channel delay in-
creases, the sonic image will shift pro-
gressively to the left. As long as the
delay of the right channel, At, is less
than the interaural delay, At, for the
left-speaker crosstalk signal, localiza-
tion will be controlled by the right-
channel signal. When the right-channel
delay exceeds the crosstalk delay, the
interaural crosstalk signal will become
the first arrival and will again limit the
image shift to the position of the loud-
speaker. It began to appear to us that
the existence of the interaural crosstaltk
signals caused the stereo image to be
linked more to the positions of the
loudspeakers than to the musical con-
tent of the stereo signals.

Next, we tackled the problem of

headphones. Despite the fact that
headphones eliminate interaural cross-
talk, they still do not usually produce a
convincing stereo image. We looked
again at one channel delayed relative
to the other. The signals at the ears for
headphones were the same as those in
Eq. (3), but without the crosstalk terms.
Accordingly, for right delayed relative
to left:

Re = R(t + At)
Le = L(t)

(4a)
(4b)

Assuming the left- and right-ear sig-
nals are of roughly equal intensity, lo-
calization of the sound will be entirely
controlled by the time delay, At. The
sonic image will shift to the left as the
magnitude of the delay increases.
When the delay becomes equal to the
maximum naturally occurring interaural

time delay, Atmax (see Fig. 3), the son-
ic image will be shifted all the way to
the left. If the delay between channels
increases further, what will happen?
The image can shift no further! The
directional hearing mechanisms are
closely related to the physical dimen-
sions of the head and ears. The maxi-
mum naturally occurring interaural time
delay (ITD) corresponds to the dis-
tance between the ears, roughly 6%
inches. If the apparent ITD presented
by the headphones is increased to cor-
respond to a distance of several feet,
the listener cannot respond in any pre-
dictable way. It would be like trying to
locate the direction of a sound while
holding long cardboard tubes against
each ear.

As we saw in Eq. (3), the interaural
crosstalk signals produced by loud-
speakers limit the side-to-side image
shift. But, in doing so, they also pre-
vent the problem of non-localizable
sounds that occurs with headphones.
In Fig. 8, sound sources A through F
are shown being recorded by two mi-
crophones set the same distance apart
as a person'’s ears. Loudspeakers tend
to localize everything as being in front.
This is because the positions of the
loudspeakers forward of the listener,
obviously, must create the appropriate
frequency spectra at each ear for for-
ward localization. The bottom half of
Fig. 8 shows the apparent positions of
the sounds when played back over two
mono loudspeakers. Due to the limita-
tions we have just discussed, the sonic
images of sounds C through E will “pile
up” in the same direction as the left
loudspeaker while the sounds A and B
will have distinct images between the
speakers.

Although this piling up of sound im-
ages is observed on many recordings,
the prediction that the image could
spread no further than the loudspeaker
positions was initially disturbing.
Sometimes a single pair of loudspeak-
ers can produce a sonic image which
extends slightly outside the bounds of
the speaker positions. We realized that
in each case where we had observed
this, the speakers were placed very
close to the listener and had some
unusual directional characteristics
which, we speculated, were contribut-
ing to a partial elimination of interaural
crosstalk sound paths. This was not a
measurable phenomenon, but it
opened our minds to the idea that in-
teraural crosstalk could be eliminated
by acoustic methods.
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The Full Potential of Stereo

Although binaural recording tech-
niques have produced startling results
with headphones, our goal was to re-
produce a more complete sound stage
from existing stereo recordings. Binau-
ral recordings being in regrettably
short supply, we realized that, whatev-
er system was devised, it would have
to cope with the broad range of avail-
able recordings. Consideration of
prevalent recording practices within
the context of the directional hearing
mechanisms had revealed that the
sound imaging abilities of both loud-
speakers and headphones were limit-
ed, but in different ways. The width of
sound stage presented by loudspeak-
ers is limited by interaural crosstalk.
The stability of the sonic image of
headphones is limited by the lack of
realistic directional cues. This meant
that we would have to do more than
eliminate interaural crosstalk. In addi-
tion, we would have to find a way for
the directional cues contained in the
recordings, such as they are, to reach
the listener's ears in a manner accept-
able to the hearing process.

Rather than trying to imagine what
nature of speaker system might do all
of these things and still sound good, i
seemed more appropriate to try to
capture our needs in mathematical no-
tation. We wanted a system which,
when balanced all to one channel
would provide the listener with a sonic
image directly to the side, at 90°, but
which would remain stable regardless
of the interchannel delay. The signals
required for a left-side signal would be:

Re
Le

R(t)
R(t + Atmax)

= (5a)
= (50)
Conversely, a right-side signal would
be:

Re = L(t + Atmax)
Le = L(t)

(6a)
(6b)

Adding these will give the more gener-
al case for both channels operating:

Re = R(t) + L(t + Atmax)
Le = L) + R(t + Atmax)

(7a)
(70)

The second term at each ear looks
very much like a crosstalk signal with
an ITD equal to Atmax, but in reality it
is sort of a stabilizing dimensional sig-
nal which limits the perceived ITD to
values within the naturally occurring
range.

A Directional Hearing Primer

Directional hearing works mainly
by comparing the sounds heard by
the two ears of a listener. Specifically,
three quantities are compared, inten-
sity, phase, and arrival time. A sound
arriving from one side of the head will
be partially blocked in reaching the
ear on the other side, giving rise to a
difference in loudness between the
two ears (see Fig. 1). The precise
difference created depends both on
the angle of incidence of the sound
and on the frequency. The unique
combination of loudness difference
and frequency is linked to the angle
of incidence of the sound in the hori-
zontal plane. High frequencies are
blocked more easily by the head,
leading to greater loudness differ-
ences.

Intensity differences also play a
role in locating complex sounds. For
a given angle of sound incidence,
each frequency has its own charac-
teristic loudness difference. The sum
of these will create an interaural dif-
ference spectrum (IDS) which corre-
sponds to a specific angle of inci-
dence (see Fig. 5). The exact charac-
teristics of these difference spectra
enable the listener to distinguish be-
tween sounds coming from the front
and sounds coming from the rear.

In addition, the hearing mechanism
is sensitive to the difference in rela-
tive phase of a sound which appears
at bolh ears, though this is limited to
continuous tones. A sound arriving
from one side of the head experi-
ences a time delay in reaching the
farther ear. The listener senses an
interaural phase difference which de-
pends on the angle of incidence of
the sound and on the frequency (see
Fig. 2). However, for higher frequen-
cies the phase lag may become
greater than 180° and hence indistin-
guishable from a phase lead in the
opposite direction. Appropriately, the
hearing mechanism is relatively in-
sensitive to phase differences above
900 Hz, a frequency whose half-
wavelength is nearly equal to the in-
teraural distance.

Transient sounds are localized
mainly on the basis of the difference
in arrival time at the two ears. Since
most naturally occurring sounds are
transient, this is both the most impor-

tant and most accurate method of
directional location. The interaural
time difference (ITD) increases
roughly as the sine of the angle of
sound incidence up to 90° left or right
of ihe median plane. At this point the
sound must-travel entirely across the
head to reach the far ear, and the ITD
becomes equal to Atmax (see Fig. 3).
Figure 4 shows experimentally deter-
mined values of ITD versus angle of
incidence.

Finally, two related mechanisms,
forward masking and the prece-
dence effect, help the listener to dis-
criminate between the many sounds
reaching the ears at any given time
(see Fig. 6). Basically, if two simitar
sounds of equal loudness arrive at
one of the listener's ears separated
by a short period of time, the listener
will hear only one sound but of great-
er loudness than either of the individ-
val sounds. The maximum interval for
forward masking of musical sounds
in a live room is about 35 mS. How-
ever, the maximum interval for mask-
ing of test clicks over headphones
may be as low as 3 mS. The prece-
dence effect is observed in the case
of two signals at each ear, where the
perceived direction of the sound
source will be determined on the ba-
sis of the arrival of the first sound at
each ear.

An example of phantom source lo-
ca'ization from two speakers is
shown in Fig. 7. Here, each ear re-
ceives two signals, one from each
speaker. However, due to the prece-
dence effect, only the first sound at
each ear is considered. These are
the direct sounds from each speaker,
labelied L(t) and R(t). If the listener is
centered between the speakers,
these sounds will arrive at the same
time. If they are also of approximately
equal loudness, a phantom sound
source will be perceived midway be-
tween the speakers.

In practice, most stereo image lo-
cation takes place on the basis of
intensity differences. This is due to
the existence of interaural crosstalk
signals which restrict the possible
range of interaural time delays. As
shown in Fig. 8, the location of phan-
tom sound sources is limited to within
the loudspeaker positions. MP.
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Fig. 8—Normal stereo imaging with
sounds recorded by two microphones
at locations A through F. When
reproduced by two mono

’/\
@®),®
z C /S—u
Sound Sources {——"(D/)j )
- 7 ~ Microphones
\ a4
\ o
+ x— € ,‘—I (f’ -----
\\, ®$ N
F% ' T
4 L
(F | ‘
= "E‘ l
) | B Al
- Q‘ o !
Left -[i} | l:}»— Right
Mono Spkr P’ - ~—~6 .7 Mono Spkr
\."* el

< Unwanted
. / Interaural Crosstalk
Distorts And Compresses
Sonic Image

loudspeakers, the existence of
interaural crosstalk will limit the
phantorn images to the locations
shown in the lower half.

At this point, we made a decision
that the sound sources, whatever they
might be, should be placed in a for-
ward position relative to the listener.
This would eliminate the need for any
complicated filtering to replicate the
necessary interaural intensity differ-
ences for forward localization of
sounds. However, if the sound sources
were loudspeakers we would again be
limited by the existence of interaural
crosstalk signals. If we include the
crosstalk signals in the expressions for
the idealized signals above, we then
have:

Re
Le

R(t) + L{t + A1) + L{t + Atmax) (8a)
L(t) + R{t + At) + R(t + Atmax) (8b)

The second term at each ear is the
crosstalk signal, which arrives earlier
than the desired dimensional signals
represented by the third terms. In or-
der to take advantage of the later-arriv-
ing dimensional signals, the crosstalk
signals would have to be eliminated or
substantially reduced in loudness. Re-
calling that we had observed partial

elimination of crosstalk signals due to
unusual directional characteristics,
and recalling the well-known phenom-
enon of low-frequency cancellation be-
tween two out-of-phase speakers, we
guessed that it might be possible to
acoustically cancel the interaural
crosstalk signals. If this were done, the
signals at the ears would be:

Re = R(t) + L{t + at)

L{t + AtY) + L{t + Atmax) (9a)
Le = L®) + R(t + At)

R{t + At’) + R(t + Atmax) (9b)

The new third term in each expres-
sion should be thought of as a phase-
inverted equivalent of the crosstalk sig-
nal, timed to arrive at the correct ear at
the same time as the original crosstalk
signal. This was a very attractive idea,
but we were not at all sure how it would
be accomplished.

Timing the Delay
In oroer to cancel the crosstalk, a
phase-inverted version of the sound

could be acoustically delayed to arrive
at the proper ear at the precise time to
cancel the crosstalk signal. Creating
the acoustic delay is no great trouble—
you simply place the sound source far-
ther away. It immediately seemed that
if we had two pairs of acoustic
sources, it would be possible to do
this; the idea was to use one pair to
cancel the crosstalk produced by the
other. The cancellation source would
have to be the same distance from the
ear where the cancellation was to oc-
cur as the main source whose cross-
talk signal was to be cancelled. In ad-
dition, the cancellation source should
be placed so as to minimize cancella-
tion of the direct sound reaching the
other ear. Figure 10 shows an arrange-
ment of drivers which allows the proper
cancellation to take place. The signals
arriving at the two ears for this arrange-
ment would be:

Re = R(t) + L{t + At)
L{t + At') — R{t -~ At + At) (10a)

Le = L{t) + R{t + At)

- R(t + At') — L{t + At + At) (10b)
Heret + At' is the time required for the
sound from the cancellation drivers to
reach the nearest ear. So long as At' is
equal to At, the main driver crosstalk
signals (second term) will be cancelled
by the direct sound from the cancella-
tion drivers (third term). The fourth
terms are the crosstalk signals gener-
ated by the cancellation speakers
themselves. For each ear they are the
same signal as the direct sound from
the main driver (first term), but arrive
considerably later. Due to the prece-
dence effect, they will not interfere with
the localization process.

The placement of drivers shown in
Fig. 10 also answered the requirement
that the listening position be flexible.
The center-to-center distance between
the main and cancellation drivers on
each side is the same as the distance
between a person's ears, roughly 6%
nches. As long as the listener remains
on the axis between the two speakers
and the cabinets face straight forward,
sound from the cancellation drivers will
arrive at the proper time to cancel the
crosstalk signals regardless of how
close or far away the listener sits. The
remaining problem with this arrange-
ment, however, was the lack of the
stabilizing dimensional signals neces-
sary to prevent the type of non-localiz-
able sounds that can occur with head-
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phones. Consider the effect of having
no right-channel signal on this system:

Re = L{t + at) — L{t + at) =
Le = L{t) — L{t + At' + At)

nothing {11a)
(11b)

In nature, a sound is not normally
heard in one ear only, and, presented
with such a situation, a listener would
not be able to assign an accurate di-
rection to the sound. The solution to
this problem was to use a stereo differ-
ence signal as both the dimensional
and the cancellation signal. The differ-
ence signal has long been known to
contain mostly ambient information,
but in this case, we recognized that its
components represented the two sig-
nals that we needed. The R — L signal
was fed to the right dimensional/can-
cellation driver, and the inverse signal,
L — R, was fed to the left dimensional/
cancellation driver. In each case the
positive portion of the difference signal
is the stabilizing dimensional signal,
while the negative portion is the can-
cellation signal. The entire system is
shown in Fig. 11. The resulting signals
at each ear would be:

= R(t) + R{t + at’) + L{t + At)
~ L{t + At') —R{t + At + at)

+ L{t + At + At) (12a)
Le = L{t) + L{t + At)) + R{t + At)

- R{t + At') — L{t + At' + At)
+ Rt + A" + At) {(12b)

Writing these out in plain language,
without reference to the particular
speakers, we have:

(Signals arriving at the ear) = (main
driver direct signal) + (dimensional
driver direct signal) + (main driver
crosstalk signal) — (dimensional driver
direct signal) (dimensional driver
crosstalk signal) + (dimensional driver
crosstalk signal).

In all, each ear receives six signals.
For clarity the eguation has been la-
belled to indicate the driver from which
the signals originate. Crosstalk signals
break the median plane in reaching the
ear in question, whereas the direct sig-
nals do not. The various time delays
are defined as follows:
time required for sound from
main driver to reach nearest ear.

t + At" = time required for sound
from dimensional driver to reach near-
est ear.

At = ITD for main driver crosstalk
sound to reach opposite ear.

At = |TD for dimensional driver

! =

Phantom -R
Sound Sources

Lett N
SDA N
Loudspeaker—

=

= E
Reaches Ears

Fig. 9—Stereo dimensional imaging. If
the interaural crosstalk signals are
cancelled, the stereo stage will be
unrestricted, allowing proper imaging

- ’/ . '..'. o i
N\
vy
1+ — L
2 f \O‘
Only Direct Sound

-

+R -L
Right

y SDA
Loudspeaker

y AUnwanled interaural Crosstalk
Cancelled Allowing Unrestricted
Three Dlmen5|onal Image

of sound sources A through E. Sound
source F will still be ambiguously
located due to the lack of front-to-
back directional cues.

crosstalk sound to reach opposite ear.

Atmax = the maximum naturally oc-
curring ITD

At this point it appears helpful to
explain each term. Term 1: The direct
sound from the main driver will be the
first arrival at the ear and will be the
primary sound used by the localization
process when the sonic image shifts
for sounds on that side. Term 2: The
positive component of the direct sound
from the dimensional driver. Since it is
the same signal as the first term, but
arrives later, it will always be ignored
by the localization process. Term 3:
The main driver crosstak signal; if it
were not cancelled, it would limit the
width of the sonic image. Term 4: The
inverted component of the direct
sound from the dimensional driver, oth-
erwise known as the cancellation sig-
nal. It arrives coincidently with the main
driver crosstalk signal and cancels it.
Term 5: The inverted portion of the
dimensional driver crosstalk signal is
also a late arrival and will be ignored in

"the localization process. Term 6: The

positive portion of the dimensional

driver crosstalk signal, or dimensional
signal; it insures a stable sonic image
by placing an upper limit on the possi-
ble values of perceived ITD generated
by the system.

Now, if we turn off the right channel
sound as we did in Eq. (11), keeping in
mind that for this arrangement At’
equals At, the signals at the two ears
are:

Re = L{t + At) — L{t + At") + L{t + At + At)
L{t + At + At) (13a)

Le = L{t) + L{t + At') — L{t’ + At + At){13b)
With signals at both ears, the listener
will have no trouble localizing the di-
rection of the phantom sound source.
The perceived ITD will be the sum of
At’ and At,, which will produce a phan-
tom image well outside the speaker
positions as shown in Fig. 11.

The Stereo
Dimensional Loudspeaker

The stereo dimensional speaker sys-
tem described here in theoretical
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Fig. 10—Geometry for providing
flexibility of listener location.
Cancellation drivers are placed at the
interaural distance from the main
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Phantom Image
with ITD= At + Atg

Fig. 11—Block diagram of complete
stereo dimensional speaker system.
Use of stereo difference signals at the
cancellation drivers provides
necessary image stabilization cues
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Proper cancellation of interaural
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and limits the induced ITD of the
system to naturally occurring values.
Optimum sound-stage width occurs
when the listener forms an equilateral
triangle with the speakers

terms seems to offer all that we had
hoped for. Using the theory we had
developed as a guide, we set about
constructing prototypes of what we
hoped would be the first loudspeaker
system capable of realizing the stereo
imaging and dimensional capacity of
available program material. The proto-
types were constructed with four iden-
tical sets of drivers for the main and

dimensional arrays. The Polk 6'z-inch
mid-woofer was used since its size al-
lowed, precisely, for the interaural
spacing of 6% inches required be-
tween the main and dimensional arrays
on each side. In addition, the wide
frequency response of the driver would
cover most of the frequency range cru-
cial for directional location. We con-
structed a single cabinet to house both

of the driver arrays on each side,
which fixed the geometrical relation-
ship between them. The left and right
speaker cabinets were interconnected
with a cable to provide the compo-
nents of the stereo difference signal to
the dimensional drivers, and a com-
plex crossover matrix was designed to
provide the correct frequency re-
sponse for each array as well as the
critically important phase relationships
between them. As soon as the proto-
types had been debugged, we hooked
them up to some music. It was immedi-
ately apparent to us that the idea was a
success.

As each set of prototypes was com-
pleted, tested and evaluated, more un-
suspected pieces of information were
uncovered. The finished system shown
in Fig. 12 contains many important fea-
tures discovered during the refinement
process. For example, phase match-
ing between the main and dimensional
arrays was found to be necessary at
surprisingly low frequencies, well be-
low 100 Hz. As a result, the main and
dimensional drivers of the finished sys-
tem share the same acoustic volume,
ensuring that they will see identical
acoustic loading. However, the most
significant realization coming out of the
refinement process was of the com-
plete inadequacy of our existing mea-
surement techniques to assess the
performance of this system. Although
we have since made considerable pro-
gress in developing a more relevant
measurement system, the human ear
remains our most discriminating de-
sign tool

Audible Benefits

The finished system, in many re-
spects, has exceeded our expecta-
tions. The flexibility of listening position
IS greater than was expected, allowing
not only front-to-back movement, but
substantial side-to-side tolerance as
well. Analysis of signals at the ears for
listening locations off the central axis
somewhat justifies this, but predicts a
more dramatic image shift than the
“changing seats in a concert hall” ef-
fect actually observed. More easily ex-
plained is the observation that phan-
tom sources localized to the sides
seem to remain stationary as the listen-
er moves away from the system, rather
than moving with the listener. As we
recall from Fig. 11 and Eqg. (13), the
perceived ITD will be the sum of At
and At. Due to the geometry of the
system, this quantity will decrease as
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the listener moves away, causing the
sound stage to narrow and preserving
the perspective of greater distance
Less explainable, however, is the ex-
perience of having some sounds seem
to actually originate from the rear of the
listening area. Since this occurs pri-
marily on pop recordings, we can only
speculate that the recording studio has
inadvertently created an interaural dif-
ference spectrum appropriate for rear-
ward localization. Nevertheless, the ef-
fect is startling

The newly designed Polk SDA sys-
tems are, we think, the world's first true
stereo loudspeakers, strongly realizing
the capabilities of the stereo medium.
The unique ability of the system to
place sonic images over an unrestrict-
ed stereo stage allows the listener to
hear the recorded instruments or vo-
calists firmly located in the original
acoustic environment. In addition, due
to the system's preservation of direc-
tional information, each sound be-
comes better separated and more dis-
tinct. Crucial to the accomplishment of
these sonic goals has been the elimi-
nation of interaural crosstalk by effec-
tively cancelling the sounds indicating
the loudspeaker positions and replac-
ing them with the correct directional
signals for the recorded sounds. 4

Dimensional H.F. Units

Dimensional i
Mid-Woofer |

Cable

Left Speaker

Fig. 12—Physical configuration of the
finished system. The four tweeters
and four upper 6">-inch mid-woofers
form the main and dimensional driver
arrays. The inside array in each

[Dimensional
Mid-Woofer

e
,'\}u"\“rl 744 :\i'.
Ib“_“r\"." ’II' ;" \)\(

Right Speaker

cabinet is the main array, while the
other is the dimensional array. The
two lower 6'/2-inch drivers, together
with the passive radiator in each
cabinet, operate below 75 Hz.
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“Yean One

SPEAKER IMPEDANCE]

RICHARD C. HEYSER

A loudspeaker's actual impedance can vary
widely from the specified value. A close look at
the speaker’s complex impedance can reveal
problems the designer ignored.

To impede means to obstruct or
hinder. The electrical imped-
ance of a loudspeaker is a mea-
sure of the amount by which it impedes
the passage of current. The higher this
impedance, the more voltage it takes
to pass current through the speaker.
Impedance is measured by determin-
ing the voltage required to pass a fixed
amount of current.

It is important to know the loud-
speaker impedance because this de-
termines the type of effort which the
power amplifier must exert in order to
deliver clean sound. In addition, the
subtle wiggles and bumps on an im-
pedance plot often give telltale clues
concerning how well or badly the loud-
speaker has been designed.

Impedance comes in two types: A
resistance part and a reactance part.
This is because a loudspeaker can
temporarily store some of the energy it
gets from the amplifier, as well as dis-
sipate that energy in the form of heat
and sound. The part that represents
dissipation is resistance; the part that
represents storage is reactance. The
unit of measurement is the ohm. One
ampere of current produces one volt
drop across one ohm impedance.

Audio produces two separate im-
pedance plots for our loudspeaker re-
views. The first is the total amount of
impedance as a function of frequency.

Figure 1 is a typical example of the
form such a plot may take. The second
plot is a breakout of the resistance and
reactance, and it may take the form
shown in Fig. 2. Both plots describe
the same loudspeaker impedance, but
from different perspectives.

Before describing how these plots
are useful, there is a possible point of
confusion which must be clarified. It is
a relic of a bygone era that we still try
to use a single number for the imped-
ance of a loudspeaker, usually a resis-
tance value of 4, 8, or 16 ohms. Mod-
ern loudspeakers, particularly those
which incorporate separate units to
cover different parts of the frequency
range, have anything but a constant
impedance. The actual impedance
may vary all over the place, yet the
specification sheet may, for example,
still call it an 8-ohm speaker. That sin-
gle value is nothing more than a nomi-
nal number to be used for crude com-
parison purposes. The lower the num-
ber, the more current needed to deliver
the same amount of power. The actual
impedance is what we measure and
plot for you. That single-number im-
pedance bears a relationship to actual
impedance somewhat like that which
the EPA mileage estimate bears to
what you will actually get from your
new car.

Another very important point to bear
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in mind is that an impedance plot is
just that, an impedance plot. It is not a
plot of sound. Wiggles and bumps in
the impedance plot do not signify lack
of smoothness of the sound from that
loudspeaker

The impedance plot of Fig. 1 serves
two useful purposes: First, it identifies
the lowest net impedance that the
power amplifier must drive, and sec-
ond, it shows the way a loudspeaker's
net impedance changes with frequen-
cy. The smallest wire size to use in
hooking up a loudspeaker can be de-
termined by minimum net speaker im-
pedance and how wildly that imped-
ance changes with frequency. This

minimum impedance also tells us
whether it is safe to hook additional
extension loudspeakers tc the same
power amplifier. Circumstances vary,
so the narrative portion of each review
is intended to provide user guidance in
such maiters,

Often, a loudspeaker will have knobs
or switches that can be used to
change the balance of sound. These
adjustments may change the imped-
ance. It that happens, we generate
separate impedance plots for each
major combination of adjustments

The complex impedance plot,
shown in Fig. 2, is aimed straight at a
prime audio gquestion: Why do certain

Photograph: Carl Zapp
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he subtle wiggles on an impedance plot
often give telltale clues as to how well or
badly a speaker has been designed.

IMPEDANCE — OHMS —a

INDUCTIVE REACTANCE — OHMS —a=

INDUCTIVE REACTANCE — OHMS —» -a— CAPACITIVE REACTANCE — OHMS

-a— CAPACITIVE REACTANCE — OHMS

FREQUENCY — Hz —=

Fig. 1—
Conventional plot
of the magnitude
of impedance as
a function of
frequency.

Fig. 2—

The same
speaker as in
Fig. 1, but now
plotted as a
complex
impedance as a
function of
frequency.

Fig, 3—

Some of the
things to look for
in a complex
impedance.

power amplifiers sound bad with some
loudspeakers?

At least some part of this problem
must be due to the nature of the load
which the loudspeaker presents to a
power amplifier. During musical pas-
sages, as current passes into and out
of the loudspeaker, amplifier circuitry
must take up the voltage difference
between a steady power supply in the
amplifier and the voltage which the
speaker needs for that current. Energy
flow between amplifier and speaker is
expressed by the instantaneous volt-
age and current. If a loudspeaker were
a pure resistance load, energy would
only pass from the amplifier to the
speaker, where it could be converted
to heat and sound. But a loudspeaker
is not a pure resistor. It grabs energy,
stores it, and kicks some of it back at
the amplifier as that amplifier attempts
to maintain control of signal voltage.
Some loudspeakers aggressively fight
the power amplifier, kicking and
screaming their defiance through com-
plicated musical passages. The only
time we are aware of that battle is
when we hear something wrong in the
sound coming out of the loudspeaker.

Figure 2 plots the reactance, as well
as resistance, which the loudspeaker
presents to a power amplifier. The
amount of inductive reactance, in
which the loudspeaker tries to prevent
any change in current, determines the
height of the curve above the horizon-
tal axis. The amount of capacitive reac-
tance, in which the loudspeaker tries to
prevent any change in voltage, deter-
mines the level of the curve below the
horizontal axis. The horizontal axis
plots the resistance, or dissipative,
component.

The complex impedance plot looks
like a string which has been dropped
on the paper. In a sense it is a string, a
string that traces out the impedance
we encounter as we progress through
the frequency range.

The string always curls clockwise as
we progress upward in frequency. The
plot looks like, and is, circles on cir-
cles. The circle form is a fundamental
expression of energy exchange. There
will be one complete circle component
for each condition of energy reso-
nance. As an electromechanical de-
vice, the loudspeaker will have a num-
ber of impedance resonance modes.

e
S
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complex impedance plot can often show
why an amp will sound bad with certain
speakers, ones which fight the amplifier.

Woofers show fundamental signa-
tures on this piot. A sealed woofer will
have one bass resonance circle, while
most vented woofers will have two.
This can reveal information that even
the loudspeaker designer was not
aware of. For example, a poorly sealed
system may have an air leak. Can't fool
Mother Nature; the leak will show as an
unexpected circle in this measure-
ment. This is a clue to degraded low-
frequency performance.

Another situation is the distinction
between the nice, simple resonance,
generally assumed by designers, and
the real world. We know the woofer
pushes air and makes sound; the sides
of the box also push air and make
sound, but that's not what the designer
had in mind. The effect of box sound is
often visible in our review data as a
deformation of the otherwise perfectly
circular form of simple bass resonance
(see Fig. 3). This will also show up as
an apparent clockwise rotation about
the origin of the plot by the bass reso-
nance circle.

If the lower bass-resonance frequen-
cy in a vented system falls much below
15 Hz, watch out. Subsonic audio com-
ponents, such as those due to record
warp and tonearm resonance, might
Cause unnecessarily large cone excur-
sions at high sound levels. The sonic
effect can be pure mud. It is not the
loudspeaker’s fault as much as it is the
program material's. When it occurs
use a rumble filter to cut out subsonic
components.

Sometimes separate drivers in a sys-
tem will talk to each other, like chatty
neighbors over a backyard fence.
Acoustic coupling between drivers is
always unavoidable, but if improper
crossover design allows two or more
drivers to carry on simultaneous con-
versations in the same frequency
range, each driver will hear the other
talking and show it as a change in
impedance. Small extra loops, which
look like pigtails added to the string,
are telltale clues to this interspeaker
chitchat

Progressing upward in frequency
the string shows wanted, as well as
unwanted, resonances. Space does
not permit complete discussion of
everything to look for, but one condi-
tion can cause amplifier distress. Most
constant-voltage amplifiers drive resis-

tors and inductive loads better than
they do capacitive loads, particularly
at high frequencies. Figure 3 illustrates
what to watch for. At high frequencies,
where slew rate becomes important,
point 1 on curve A is a harder load to
drive than point 2 because the current
demand leads the voltage being con-
trolled. This means that the ampilifier
must deliver its peak current demand
prior to the time that the voltage wave-
form reaches its peak value. The worst
case is reached when the peak current
occurs at the same time the voltage is
passing through its maximum rate of
change. This would be a purely capac-
itive load, represented by a complex
impedance point on the negative verti-
cal axis. Under this condition, the pow-
er amplifier must deliver maximum cur-
rent when there is a very low instanta-
neous voltage on the speaker but the
highest waveform slew rate. (The term
slew, or slue, means to turn or swing
around. Early gun-control servomecha-
nisms were required to slew the gun
mounts at high rates to follow precise
pointing signals from the fire-control
radars. There was a maximum swing-
ing rate, or slew rate, which the ampilifi-
ers could follow and maintain complete
control of the gun mount. Thus, by de-
vious pedigree, the term slew rate
came to mean maximum voltage rate
which an amplifier could deliver.)

The smaller the net impedance at
point 1, the harder the drive require-
ments. If this condition prevails in the
upper registers, brass, strings, and vo-
cals can go harsh at high sound levels.

A loudspeaker makes a very good
microphone. In the case of the conven-
tional moving-coil loudspeaker system,
every sound in your listening room is
picked up by the loudspeaker. The
sounds are converted to current, which
the loudspeaker tries to drive back into
the power amplifier. It does this even
when the power amplifier is supplying
an audio program. If you could hook
up a sensitive ammeter to the loud-
speaker wires, and could "buck out”
the simultaneous audio program, it
would be possible to measure sound in
the room at the same time that music
was being played. This is not a ridicu-
lous idea and can actually be accom-
plished under special conditions.

Of course, the usual situation is that
the sound in the room is principally

caused by the loudspeaker itself. In
that case, the “"microphone” pickup
current is related to the “program’ cur-
rent in the speaker wires. When we
apply a voltage to the terminals, and
measure the resultant current that
flows, we are measuring current pass-
ing from the amplifier into the loud-
speaker as well as current passing
back to the amplifier. If we pause for a
moment and think about it, that is ex-
actly the type of information contained
in the impedance measurement

Therefore, loudspeaker impedance
contains a great deal more information
than is assumed by the manufacturer
when he states this is an 8-ohm
system.” Some of the information can
be downright embarrassing to the
manufacturer, such as when it shows
that his “sealed” box has an unwanted
leak, or when it shows that the mid-
range and tweeter acoustically talk to
each other at the same time over a
broad band of frequencies, or when it
shows that his “solid” walnut-covered
enclosure resonates like a bass drum
at some unwanted frequency.

Some of the information tells us
about the acoustic coupling between
the loudspeaker and the room, and
how good (or bad) the acoustic match
may be. Because of that, | try never to
measure impedance with the speaker
facing a hard, reflecting surface. If |
have any suspicion that some of the
squiggles on the complex impedance
plot are caused by the measuring
room, | will move the loudspeaker and
repeat the measurement.

Because present-day loudspeakers
are designed to produce sound pres-
sure based upon constant voltage ap-
plied to the speaker terminals, it would
make sense to measure the amount of
current that is drawn at this rated volt-
age. This is just the inverse of imped-
ance. Whereas impedance is a mea-
sure of the voltage drop produced by a
fixed amount of current, admittance is
a measure of the current drawn when a
fixed voltage is applied. in the simple
case of the loudspeaker, admittance is
the inverse of iImpedance.

Personally, | would prefer to mea-
sure the complex admittance of a loud-
speaker, since this tells me how much
current is drawn if | put, say, 4 V across
the speaker terminals at 1 kHz. Speak-
er current is then the product of a sig-
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he complex impedance will often show
information that even the speaker design-
er was not aware of.

= =

nal voltage times a factor called admit-
tance. Instead, | must remember that
speaker current is equal to signal volt-
age divided by the factor called im-
pedance. | am lazy, and it is mentally
much easier for me to multiply than to
divide. But over half a century of tradi-
tion has been developed around the
concept of loudspeaker impedance,
and | grudgingly bow to this tradition in
quantifying the driving-point properties
of loudspeakers. Besides, that is the
property cited by the manufacturer
when he sells you the product, and we
are trying to see how well he meets his
commitment to you.

Admittance, like impedance, must
have two parts, and these parts are
related to dissipation and storage of
energy. The part related to dissipation
is called conductance, and the part
related to storage is called suscep-
tance. The units of measure for these
parts is the inverse of the units of mea-
sure for impedance. A 1-ohm resis-
tance corresponds to a 1-siemens (we
used to call it “mho,"” for ohm spelled
backward) conductance, and an 8-
ohm resistance corresponds to a Ve-
siemens conductance

In defense of the impedance mea-
surement, impedances in series are
added. Thus, a .-ohm speaker wire
adds 2 ohm to the impedance seen
by the amplifier. And there is, techni-
cally, nothing contained in an imped-
ance measurement that is not con-
tained in an admittance measurement,
and vice versa. The reason | bring up
the subject of admittance is to de-
scribe another aspect of our loud-
speaker measurements in Audio.

It is no secret that | have tried to
present a format of data, in the guise of
the complex impedance plot, which
can be of great value in the design of
better power amplifiers. Loudspeakers
are not resistors, and those who de-
sign power amplifiers to drive resistor
loads exclusively are simply fooling
themselves. Furthermore, no two differ-
ent loudspeaker designs have the
same impedance (or admittance)
properties, and as loudspeaker de-
signs evolve over the years, the type of
loads which they present to amplifiers
also evolves.

The output stages of the ampilifier,
which must take it on the chin when
driving a loudspeaker, have their safe

and their unsafe operating regions. It is
no great difficulty for a power ampilifier
designer to produce a plot of exactly
what regions of load current are safe
under various signal conditions. When
| say “safe,” | am referring not only to
whether or not the transistor, FET or
whatever will blow up, but how the
feedback margin and slew rate of the
amplifier are affected.

Don't think, for example, that the
feedback factor of a power ampilifier is
not affected by the load which it drives;
it is. Consider, for example, what hap-
pens to the feedback signal if you
short-circuit the output terminais; those
amplifiers whose feedback is obtained
from the output terminals are then op-
erating in an open-loop condition. That
amplifier which operates essentially
without distortion into a 4-ohm resistor
may have substantially altered distor-
tion properties when driving a 4-ohm
complex load.

If the amplifier designer plots the val-
ue of allowed complex impedance ver-
sus drive level, drive duration, and
feedback properties, including internal
slew-rate limitations, he need only
overlay a plastic transparency of Au-
dio's impedance plot to see whether
his amplifier wili cut the mustard with
that particular speaker. Furthermore,
an overlay of the corresponding com-
plex admittance diagram will indicate
such niceties as peak instantaneous
current under conditions of XYZ speak-
er cable interconnect.

The complex impedance (and ad-
mittance) plot is sufficiently difficult to
perform that the vast majority of loud-
speaker manufacturers do not, them-
selves, know what the complex load
properties of their products are. There-
fore, Audio publishes these measure-
ments. After many years of such pub-
lished measurements, | believe that
there can be no excuse for a power
amplifier designer who produces a
product optimized for a mythical load
resistor. One intent of the complex im-
pedance measurement is to archive
data which can allow for better audio
amplifier design, and thus the impor-
tance of the measurement extends far
beyond the particular review in which it
is published.

As a final consideration, loudspeak-
ers are notoriously nonlinear in their
electromechanical properties. Imped-

ance (and admittance) is a function not
only of instantaneous drive level, but of
the immediate past history of signal
which has been applied to the speak-
er. They are non-Markovian in their sig-
nal-handling properties. (A Markov
process is one in which the immediate
present is strictly dependent only upon
the immediate past and statistically de-
pendent upon the more distant past. If
the value of a signal from the distant
past has an effect on the manner in
which the present value is to be pro-
cessed, other than an additive memory
contribution, then the processing is
non-Markovian.) There are recoverable
hysteretic effects in the drive proper-
ties which modify the impedance at a
particular drive level. And there are
nonlinear suspension properties which
can cause a woofer cone to drift in and
out of its average no-signal position
under special combinations of excita-
tion. These all modify the nature of the
load which the loudspeaker presents
to a power ampilifier.

Due to space limitations, the Audio
measurements are those of the small-
signal linear impedance. | watch for
nonlinear drive properties during the
higher power distortion measurements
which | also perform on the loudspeak-
er. If | spot problems, | comment on
them in the narrative part of the review.

Let me wrap up this little discussion
by commenting on something that is
true of all of the measurements in Au-
dio's reviews. The measurements are
technically difficuit to perform and re-
quire highly specialized equipment.
But they are world-class measure-
ments, not simply something that hap-
pens to be available in a particular
piece of commercial test equipment.
The data is presented in such a way as
to be of value to readers at several
levels of audio involvement. First, a
narrative is provided for those who
could not care less about highly tech-
nical matters and only want to know
what to watch out for in nontechnical
terms. These narratives also include
more technical matters that are dis-
cussed in relation to the measured
data which is supplied as plots. And,
finally, the technical content of the
measurements is sufficient to be of val-
uve to professionals who design the
products which you listen to. They, too,
read Audio magazine 4
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lllustration: Marc Yankus

At Last-
Stereo TV

LEONARD FELDMAN

he audio industry
has been waiting for
it for more than five
years. The TV broad-
cast industry has
wanted it much long-
er than that. It's been
available in Japan
for nearly six years and in West Ger-
many for nearly four. "It" is stereo TV,
and by the time you read this, TV
broadcast stations will be getting
ready to go on the air with this new
audio service, and TV receiver manu-
facturers (not to mention leading audio
manufacturers) will be feverishly gear-
ing up to produce the hardware need-
ed to receive stereo transmissions
While there's no point in rehashing
the reasons that stereo TV has been so
long in coming to the United States, it
is important to note that we in the U.S
having finally arrived at a decision and
selected a system, will more than likely
benefit from the long delay. As a result
of the long deliberations which led to
the selection of a system, we will prob-
ably end up with the highest quality of
audio possible within the present
NTSC broadcast standards. Further-
more, unlike the Japanese or the Ger-
man TV systems, we will be able to
enjoy simultaneous stereo and bilin-
gual or secondary audio program
ming. Bilingual soundtracks may well
prove to be as important as, or even
more important than, stereo sound for
TV. Many regions of the United States
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Stereo TV has been long in coming here, but
we’ll probably get the best sound possible with

NTSC as a result.

= STEREO
LI sof (L-R)
g |
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Fig. 1—Base-band frequency allocations of Zenith multi-channel TV
sound systemn; fy is the TV horizontal-line frequency (15,734.26 Hz).

are populated by large ethnic minor-
ities whose first language is not Eng-
lish, and these viewer/listeners will be
able to enjoy their favorite TV programs
accompanied by soundtracks in their
native languages. This will enlarge the
stations' audiences, raising their ad
revenues (especially if the commer-
cials are also bilingual). Stations ex-
pect to make money on this, but not to
make much on stereo. Luckily, both
stereo and a second language can be
transmitted at once; in the Japanese
multi-channel TV audio system, the
broadcaster must choose either a ster-
eo soundtrack or a second language
soundtrack.

Last December 22, various seg
ments of the video industry assembled
in Washington to vote for one of three
multi-channel audio transmission sys-
tems that had been undergoing tests
for several years. One of the major
decisions to come out of the initial se-
ries of tests was that there was an

obvious need for noise reduction or
“"companding.'" Experiments with
“compatible companding” revealed
that some companding could be toler-
ated by people owning older TV sets
not equipped with the necessary ex-
pander circuits, but that it was difficult
to devise an effective companding
system without altering sound balance
for those owning the older, mono TV
sets. So, after a great deal of delibera-
tion, it was decided that companding
should be applied only to the stereo
difference (L — R) channels and not to
the mono (L + R) sum channel, which
the mono listener would continue to
receive as before.

A separate committee task force
was set up to evaluate several com-
panding systems. This task force con-
ducted extensive subjective listening
tests, using experienced listeners—
ranging from recording and broadcast
engineers to musicians and audio crit-
ics and journalists—who where asked

Table I—Signal specifications for muiti-channel TV sound.

Notes

FSK = frequency-shift keying

Maximem Subcarrler Maln-Carpier
Sarvice or Mod. Mod. Pre-Emphasis, Freq., Moduiation Dev., Paak Dev.,
Signal Signal  freq., khz it ] = kit Type khz ki

Mono L+R 15 75 25
Pilot fy 5
Stereo L-R 15 2fy AM-DSB-SC 50
S AP 10 5f4 FM 10 15
Prof. Channel Voice 34 150 6.5y FM 3 3
or Data 15 0 6.5f FSK 3 3
Total: 73

f, = 15,734.26 Hz; DSB = double sideband; SC = suppressed carrier;

to make a large number of “forced
choices" in blind A-B comparisons be-
tween pairs of companding systems.
The tests were conducted using noise
and interference levels simulating
those which would occur with each of
the three transmission systems in
close-in (strong signal) and suburban
or fringe area (weaker signal) loca-
tions. It was agreed that noise reduc-
tion would be even more important in
the case of the Second Audio Program
(S.A.P.) channel, the one used to trans-
mit a second-language audio track or
a secondary audio program. (As we
will show shortly, this second audio
program channel is normally noisier
than the stereo channel). The action of
the various proposed companding
systems was judged by the auditors for
the S.A.P. channel as well. In addition
to these subjective tests, extensive
laboratory measurements were made
to evaluate the performance of each of
the proposed noise-reduction systems.

Zenith Transmission System

After two days of presentations by all
proponents, the vote was finally taken.
The winning transmission-system pro-
ponent was Zenith, while the winning
companding-system proponent was
dbx. Figure 1 shows the spectrum oc-
cupancy and modulation standards of
the chosen transmission system. The
main-channel modulation consists of
an L + R audio signal. An L — R
stereo difference audio signal causes
double-sideband, suppressed-carrier
amplitude modulation of a subcarrier
at twice the horizontal-line frequency.
Audio bandwidth of each signal ex-
tends to 15 kHz, and the main channel
pre-emphasis remains as it has been
in the past, 75 uS. Pre-emphasis of the
stereo subchannel is a part of the com-
panding system, which will be de-
scribed shortly.

The combined peak deviation of the
main channel and stereophonic sub-
channel is always 50 kHz, with the
main channel accounting for 25 kHz of
this. When the L and R channels are
statistically independent (as will usual-
ly be the case), the main and subchan-
nel signals interleave, so peak devi-
ation due to the stereo subchannel can
also be up to 50 kHz; this helps keep
S/N from falling as low in stereo as it
otherwise might. When the L and R
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The Japanese system won’t allow

simultaneous stereo and bilingual use, but our
system will.

—
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Fig. 2—Encoder for Zenith multi-channel TV sound system.

signals are not statistically indepen-
dent (which will be most true- as the
signals approach mono), or when the
L + Rand L — R do not have matched
pre-emphasis characteristics, the rela-
tive levels of L + Rand L — R compo-
nents assume their respective, natural
levels, as dictated by the acoustic scene

A stereo pilot signal is also transmit-
ted, as a continuous-wave frequency
of 15,734.26 Hz (the TV horizontal-line
rate) with a main-carrier deviation of
5.0 kHz. The subcarrier for the S.AP
channel is at five times the horizontal-
line frequency (or 78.67 kHz). The
S.A.P. channel is frequency-modulated
to a peak dewviation of 10 kHz by a
signal that is band-limited to 10 kHz;
when not modulated, it is locked to
78.67 kHz. The pre-emphasis on the
S.AP. channel is, again, part of the
chosen companding system. Main-
carrier deviation due to this subcarrier
is 15 kHz. The S.A.P. channel is noisier
than the main-channel or stereo-
subchannel audio, due both to its own
low level of modulation and its low de-
viation of the main carrier

A third subcarrier, known as the Pro-
fessional Subchannel and intended for
voice or data transmission, is located
at approximately 6.5 times the horizon-
tal-ine frequency. This last subcarrier

causes 3-kHz deviation of the main
carrier.

Figure 2 is a simplified block dia-
gram of the encoder required at a
transmitter to broadcast the new sys-
tem, while Fig. 3 shows a basic block
diagram of the elements of a decoder
circuit for multi-channel-sound TV re-
ceivers or tuners. It is expected that
appropriate ICs will be available for
both the basic decoder and com-
pander.

The companding circuits are not
shown in these diagrams. In the en-
coder, a compression circuit would go
in the L — R line between the stereo
multiplexer and pilot adder, and anoth-
er would be inserted just before the
S.AP’'s FM modulator. In the decoder,
the L — R signal would be expanded
in the stereo decoder, and the S.A.P.
would be expanded in its decoder.

dbx Companding System

Although the companding system
chosen by the industry for noise reduc-
tion bears the dbx name and was pro-
posed by dbx, its operation is more
sophisticated than that of the familiar
dbx noise-reduction system used in
consumer tape recording. The com-
pander works in two stages. First, it
provides wide-band amplitude com-

pansion to reduce dynamic range in
the transmission channel at all audio
frequencies. This section utilizes a
1:2:1 linear dB compander, similar to
dbx’'s noise reduction for tape record-
ing. In addition, the compander pro-
vides variable pre-emphasis/de-em-
phasis which adapts itself to the spec-
tral distribution of the program materi-
al, to take full advantage of the limited
channel-headroom available. The
spectral compressor is able to boost or
reduce high-frequency levels, depend-
ing upon the input signal spectrum.

Rms detectors are used to control
both the amplitude and spectral com-
panders, thereby providing minimum
sensitivity to impulse noise while main-
taining appropriate reaction times for
music signals. A clipper is provided
within the compressor control loop for
preventing channel overload without
inducing compressor/expander track-
ing errors. Band-limiting filters are also
included in the compressor design.
Compensation for the phase errors
caused by band-limiting throughout
the system is provided in the form of a
complementary filter in the L + R
channel. The compressor design is
shown in block diagram form in Fig. 4,
while the expander block diagram is
shown in Fig. 5.
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When stereo FM was approved, noise reduction
hadn’t been invented. Happily, the new stereo TV
system includes it.

How Good Is the Chosen System?
As anyone who has switched from
stereo FM to mono reception of the
same FM signal knows, unless you are
in a strong signal-reception environ-
ment, stereo FM is a lot noisier than
mono. The full impact of this signai-to-
noise deterioration is especially severe
when you are listening to a station
whose transmitter is many miles away.

Unfortunately, when stereo FM broad-
casting was approved back in 1961,
noise-reduction systems such as
Dolby, dbx and the like had not been
invented. Happily, as we enter the ster-
eo TV era, we have an excellent noise-
reduction system built into the new
system to take care of the signal-to-
noise deterioration that would .other-
wise have occurred as we switch from
mono to stereo TV sound (or to the
Secondary Audio Program channel, be
it bilingual service or an entirely differ-
ent audio program).

The following data was extracted
from the many, many pages of data in
the report submitted to the FCC by the
Electronic Industries Association Multi-
channel TV Sound Committee to sup-
port the industry recommendation. in
‘City Grade" reception tests, the cho-
sen systems yielded S/N ratios be-
tween 65 and 68 dB for stereo recep-
tion, with a split-sound type of receiver,
while the S.A.P. channel, using the
same type of receiver, yielded S/N ra-
tios between 78 and 79 dB.

The real advantage ¢f companding
showed up more definitively when
tests were conducted for "Grade B’

1

signal-reception conditions. Such con-
ditions are represented by a video car-
rier-to-noise ratio of only 30 dB, as
might be expected in outlying areas
served by a TV station. Again, using a
split-sound receiver, signal-to-noise ra-
tio of the Zenith system, without com-
panding, was just over 50 dB in stereo.
With dbx companding added, the sig-
nal-to-noise ratio increased to between
63 and 64 dB. The improvement was
far more dramatic in the case of the
normally noisier S.A.P. channel. With
no companding, S/N measured a very
noisy 43 dB. When dbx companding
was added, S/N improved to a remark-
able 77 or 78 dB! With intercarrier
types of receivers (those that do not
have separate video and audio i f. cir-
cuits), S.A.P. signal-to-noise without
companding in a Grade B signal envi-
ronment was even poorer, between 36
and 42 dB. With the chosen dbx com-
panding system added, S/N improved
to between 62 and 63 dB, still an ac-
ceptably low level of background
noise

Once stereo TV transmissions begin,
| expect that we'll see a number of new
product categories appearing in both

Fig. 3—Decoder for Zenith multi-channel TV sound system
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YOU WON'T

CATCH THIS NISSAN ON
ANYTHING BUT EAGLES.

Every Nissan 300-ZX Turbo
leaves the factory on Goodyear
Eagle GT radials—and only Eagle
radials. Here's why:

L All-out performance.

In 1983 SCCA Showroom

Stock national competi-

tion-street radial

against street radial-

Goodyear Eagles* won

more races than all

other radials combined
2. All-around per-

Sformance. Goodyear

Eagles are meeting

Tread shaved to racing depth.

the auto companies’ toughest

specif:cations for performance-

radial 2ndurance, speed ratings,
ride quality and st=el-belted
strength.

3. Race-bred perfor-
mance. Only Eagle radi-
als give you the direct
benefit of Goodyear’s
longtime domination of

world racing.
Example: The tread
pattern of our Eagle

GT radial is derived

from our Formula One

SYE

racing rain tire.

These are just some of the rea-
sons why Geodyear performance
radials are standard equipment on
more cars sold in this country
than any other performance tires.

These are the reasons you
should visit -he Eagles’ Nest at
your Goodyear retailer today.

For a free copy of the detailed
produst specification book
Fly With The Eagle, write to:
The Goodyear Tire & Rubber
Company, Box 9125, Dept. 17F
Akror, Ohio 44305.
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EQUIPMENT PROFILE

SHERWOOD
S-2680CP
RECEIVER

Manufacturer’s Specifications

FM Tuner Section

Usable Sensitivity: Mono, 9.3 dBf
(1.6 uV/300 ohms).

50-dB Quieting Sensitivity: Ster-
€0, 36.3 dBf (35 nV/300. ohms).

eﬂ-mmd |

5.2600 CP AM/HM STEREO RECEIVER

S$/N: Mono, 80 dB; stereo, 75 dB

Selectivity: 80 dB.

Capture Ratio: 1.2 dB

Frequency Response: 20 Hz to 15
kHz, +0.5, -1.0 dB.

THD: Mono, 0.1% at 1 kHz; stereo
0.1% at 1 kHz

Stereo Separation: 50 dB at 1 kHz.

AM Tuner Section

Usable Sensitivity: 300 pV/meter
bar antenna.

S$/N: 45 dB

Amplifier/Preamplifier Section

Power Output: 70 watts per chan-
nel, continuous, from 20 Hz to 20
kHz, 8-ohm loads; 100 watts per
channel at 1 kHz, 4-ohm loads.

Rated THD: 0.05%.

SMPTE-IM Distortion: 0.05%

Damping Factor: 70, at 1 kHz,
8-ohm loads.

Input Sensitivity (for Rated Out-
put): Phono, 2.5 mV; high level, 150
mv

Phono Overload: 270 mV at 1 kHz.

Frequency Response: Phono
RIAA +0.5 dB; high level, 5 Hz to 40
kHz, +0, —3.0 dB.

$/N: Phono, 85 dB (75 dB unweight-
ed); high level, 100 dB (90 dB un-
weighted)

Tone Control Range: Bass, =10
dB at 100 Hz; treble, =10 dB at 10
kHz

High Filter: —3 dB at 8 kHz, 12 dB;
octave.

Ultra-Low Bass EQ: +5 dB at 30
Hz, —9 dB at 15 Hz.

General Specifications

Power Consumption: 460 watts
maximum.

Dimensions: 17.3 in. (43 cm) W x
43in. (11 cm) H x 13.8 in. (35 cm)
D

Weight: 21.6 |bs. (9.8 kg)

Price: $479.95

Company Address: 17107 Kings-
view Ave., Carson, Cal. 90746.

For literature, circle No. 91
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Sherwood's top receiver is distinctively different in ap-
pearance from anything this venerable company has pro-
duced during its several decades of existence. Still, one
guiding principle seems to have been retained all through
the years: Sherwood products offer excellent performance
at very reasonable prices. When you consider the fact that
this receiver, with its relatively high power rating of 70 watts
per channel, has a price tag barely higher than that of
component tuners which perform not much better than the
tuner section of the Sherwood S-2680CP, the excellent val
ue inherent in this unit becomes obvious

Control Layout

There are no rotary control knobs or other protrusions on
the receiver's front panel. All controls and switches take the
form of light-touch, silver-colored buttons or sliders, blend-
ing neatly with the silver-framed panel and the dark-colored
smoked, transparent plastic display areas which cover most
of the front panel's surface.

A power switch is at the upper left of the panrel, with two
speaker selector buttons and a stereo headphone jack
arranged below. When power is applied, two LEDs (one for
each channel) illuminate in the power-output display area to
the right of the power switch. These LEDs are, in fact, the
lowest indicators of two vertically oriented indicator banks
(seven LEDs per bank) which tell the user how much power is
being delivered by the amplifier sectiori. In order to provide a
useful range greater than that which might be available with
such a small number of LEDs, this metering system has two
ranges: From 0 to 10 watts per channel, and from 0 to 140
watts per channel. When the low-power range is selected
the first LED in each bank will light with output powers of as
little as 0.006 watts per channel. Readings are, of course,
referenced to 8-ohm loads; if 4-ohm speakers are used, the
readings must be doubled. (The owner's manual contains an
error in this regard, telling you to divide the readings by two,
in complete defiance of Ohm'’s well-established law!)

Three horizontal sliders below the power display area
handle bass, treble and balance control functions. All are
nicely detented—not just at their center positions, but in 10
discrete increments, making it easy to return to desired
settings with a great deal of precision. These sliders, as well
as the vertical slider for adjusting overall volume of the
receiver, have been sculptured to fit your fingertip.

A fluorescent display to the right of the power metering
system shows AM or FM frequencies when you are in the
tuner mode, but it is extinguished when you use such
program sources as phono, CD player, or other high-level
inputs. A five-LED signal-strength meter to the right of the
frequency display operates for both AM and FM tuning. To
its immediate right is a single red LED which illuminates
when FM stereo signals are received. A red “Memory'' touch
button and eight numbered station buttons, arrayed below
the frequency display area, permit preselection and memo-
rization of eight FM and eight AM stations for instant recall
When the numbered buttons ate used to choose a station, a
tiny green light above the button depressed lights up to
denote that fact. To the right of these buttons is an “Auto/
Manual™ tuning button and a “Down/Up" tuning bar. When
the bar is depressed at either end, tuning will occur either in

%

STERED 5/N = 7748
STEREO THD = 0.055%

= MONO THD « 0.075%

MONO S$/N * 80 1B

Fig. 1—Mono and stereo
quieting and distorticn
characteristics, FM tuner
section.

N MONO

-
-

T sTereo

Fig. 2—THD vs.
modulating frequency,
FM tuner section.

increments of 0.1 MHz or 10 kHz if you are in the manual
tuning mode, or, in auto mode, until a usable AM or FM
signal is encountered

Thirteen silver-colored square touch buttons are arranged
along the lower right portion of the front panel. The first of
these is used to select the appropriate power meter range.
‘Ultralow Bass EQ" and high-cut filter are activated by the
next two buttons. “"Muie Off/Mono” and loudness buttons
are next, followed by selectors for tape "Monitor,” "2/1," and
‘Dubbing.” The remaining five buttons are interlocked and
used to select program source (AM, FM, AUX, CD, and
phono). The vertically oriented master volume-control slider
is located at the extremme right of the panel

The Sherwood S-2680CP's rear panel is equipped with a
swing-away AM antenna bar; two sets of tape in/out jacks;
two pairs of color-coded, spring-loaded speaker-cable ter-
minals; 300-ohm/75-ohm FM and external AM antenna ter-
minals; a chassis ground terminal, and a pair of a.c. conve-
nience receptacles (one switched, the other unswitched).
The usual array of phono and high-level inputs are on the
rear panel (near the chassis ground terminal), as well as an
increasingly more common input for a CD player. A fuse-
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Unwanted 19-kHz, 38-kHz
and distortion components
were extremely low as
compared with results [
have obtained from many
other receivers.

S—

Fig. 3—Frequency
response (upper
trace) and
separation vs.
frequency, FM
tuner section.

Fig. 4—Crosstalk
and distortion
products with
5-kHz modulating
signal.

Fig. 5—Frequency
response, AM
tuner section.

holder containing a S5-ampere line fuse is also accessible at
the rear panel

Circuit Highlights

Unlike many manufacturers of audio equipment, Sher-
wood continues to supply its customers with a complete
schematic diagram-—a very worthwhile addition to any own-
er's manual, should servicing become necessary when it is
inconvenient to send or bring the unit to an authorized
service center

Four major circuit boards and several smaller ones con-
tain all of the components of the S-2680CP. The r.f. amplifier
of the FM tuner front-end utilizes a dual gate FET, and
separate hipolar mixer and oscillator stages. Ceramic filters
are used as tuning circuits between i.f. stages, and multi-

purpose ICs are used for limiter-detector and multiplex-
decoder circuitry. A microprocessor IC is located on the
memory/display board along with the necessary driving
circuitry for the frequency displays. Phono preamplifier cir-
cuitry is also mounted on the tuner board, and input stages
for the phono circuits use FETs. Eight semiconductors are
used for each channel of phono preamplification, with RIAA
equalization incorpofated in the usual feedback arrange-
ment between stages.

A single IC handles the active circuitry of the tone con-
trols, which are incorporated in an inverse feedback loop of
the familiar Baxandall arrangement. Power amplifier circuitry
IS contained on its own separate p.c. board, with hybrid
monolithic IC packages containing the power output mod
ules. Relay protection circuits are incorporated in series with
the amplifier's left and right output lines. The power trans-
former used in this receiver has separate secondary wind-
ings for high and low regulated supply voltages. All second-
ary lines are fused, as is the fuse found in the primary line of
the power transformer

Tuner Measurements

Usable sensitivity in mono measured 12.0 dBf (2.2 pV
across 300 ohms), a bit short of Sherwood's ambitious
claim of 9.3 dBf but of no major concern to me, since the
"least usable sensitivity" specification has long since
ceased to be important from a practical point of view.
Sensitivity for 50-dB quieting, on the other hand, measured
15 dBf (3.1 nV at 300 ohms) in mono and 36.0 dBf in stereo,
both of which are very good figures. S/N ratio measured 80
dB in mono, exactly as claimed, and 2 dB better than
claimed in stereo, or 77 dB. Harmonic distortion, for a 1-kHz
100%-modulation signal, was also lower than claimed, both
in mono and stereo; it was 0.075% in mono and 0.055% in
stereo. Distortion anc quieting characteristics as a function
of signal strength are plotted in Fig. 1. In Fig. 2. | have
plotted harmonic distortion as a function of modulating fre-
quency for both mono and stereo reception. At 100 Hz, THD
in mono measured 0.085%, while in stereo the reading at
this modulating frequency was 0.17%. At 6 kHz, THD in
mono was 0.085%; in stereo it remained a very low 0.09%.

Figure 3 is a 'scope photo of a spectrum-analyzer sweep
showing FM frequency response (upper trace) and stereo
separation. Deviation from flat response was — 0.7 dB at 30
Hz and — 1.1 dB at 15 kHz. Separation measured 51 and 50
dB at 1 kHz for the left and right channels, respectively At
100 Hz, separation from left to right channel was still a very
high 48 dB, and 49 d3 from right to left channel. Separation
decreased to 30 dB (left to right) and 29 dB (right to left) at
the 10-kHz test frequency

Figure 4 shows results obtained when a 5-kHz modulated
FM signal was applied to the antenna terminals of this unit,
with the outputs examined over a linear frequency range
from 0 Hz to 50 kHz. The tall spike at the left is the desired 5-
kHz output signal as seen at the left-channel output. The
shorter spike and other crosstalk products were obtained by
examining the right-channel output. Unwanted 19-kHz, 38-
kHz and distortion components were extremely low com-
pared with results | have obtained when this test was ap-
plied to many other receivers. In fact, in a separate mea-
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The front-panel controls
are well laid out and
clearly identified. My
fingers seemed to go
directly to the controls I
needed.

8- 0HM LOADS
BOTH CHANNELS DRIVEN

Fig. 6—Harmonic
distortion vs. power
output per channel at
three frequencies.

Fig. 7—Tone
control boost
and cut range.

Fig. 8—High-cut
filter and ultra-
low bass EQ
characteristics,
shown relative to
flat response
curve.

surement | determined that subcarrier product rejection was
better than 71 dB, while SCA rejection was 69 dB.

Alternate channel rejection was excellent, at 82 dB, and
capture ratio, though falling a bit short of the claimed 1.2
dB, measured a perfectly satisfactory 1.5 dB for this tuner
section. Image, i.f., and spurious rejection all measured in
excess of 90 dB.

AM frequency response was, as usual, plotted with a
spectrum analyzer, this time sweeping logarithmically from
20 Hz to 20 kHz. The results shown in Fig. 5 are, 1o put it
mildly, disappointing; the —6 dB points were reached at
approximately 60 Hz and 2.5 kHz

Power Amplifier and Preamplifier Measurements

The power amplifier section of the Sherwood S-2680CP
delivered 78.1 watts per channel at mid-frequencies for its
rated THD of 0.05% while driving 8-ohm load impedances.
At the frequency extremes, power output dropped some-
what, to just under 75 watts per channel for the same level of
distortion. At rated output (70 watts per channel, 8-ohm
loads), THD dropped to 0.025%, while SMPTE-IM distortion
measured 0.04% as against 0.05% claimed. Dynamic head-
room was just over 1 0 dB. Damping factor, referred to 50
Hz and 8-ohm loads, measured 58 as opposed to the 70
measured by Sherwood using a 1-kHz signal and 8-ohm
loads. Figure 6 shows the levels of THD as a function of
power output for three key frequencies (1 kHz, 20 Hz, 20
kHz). CCIF-IM distortion (twin-tone measurement method)
was 0.008% at rated output; IHF IM measured a somewhat
higher 0.05% at the same level of power output.

Figure 7 shows the maximum boost and cut range of the
bass and treble contiols. Vertical sensitivity in this display
was 10 dB per division and, as in the case of Figs. 3, 5 and
8, the frequency sweep is logarithmic, from 20 Hz to 20 kHz.
Figure 8 shows the effect of turning on the high-cut filter and
the ultra-low bass EQ circuit. The latter provides a modest
amount of bass boost at around 30 Hz and then attenuates
all lower frequency signals sharply. Users of this receiver
who also own turntables which exhibit a moderate amount of
rumble will find this circuit especially useful, since it effec-
tively attenuates rumble frequencies without audibly affect-
ing even the very lowest musical bass tones present in a
recording.

Although Sherwood continues to quote input sensitivity
figures and signal-to-noise ratios referred to rated output, |
measure these important characteristics in accordance with
IHF (now EIA) standards, so my results cannot be easily
compared with Sherwood's. Input sensitivity for the phono
inputs measured 0.32 mV for t-watt output. For the high-
level inputs, 19 mV of input were required to drive the
amplifier to a 1-watt output level with the volume control at
maximum. Phono signal-to-noise ratio, using a 5-mV input
signal and with the volume control set for 1-watt output,
measured 80 dB, A-weighted. With a 0.5-V signal applied to
the high-level inputs and again adjusting volume for a 1-watt
output, noise was 78 dB lower than the reference 1-watt
level. At minimum volume setting, noise was 84 dB below 1
watt, A-weighted. Phono overload measured 290 mV, well
over the level claimed. Frequency response for the phono
inputs deviated from precise RIAA equalization by no more
than +0.2 dB at the treble end of the spectrum and -0.5
dB at 30 Hz. High-level inputs exhibited flat frequency
response (within 1 dB) from 5 Hz to 21 kHz, and the —3 dB
roll-off points were at 2 Hz and 30 kHz.

Use and Listening Tests

Most of the 12-page owner's booklet explains the function
of each pushbutton and control on the front panel and the
hookup diagram of the rear panel. Only one page of the
booklet actually details step-by-step operating instructions
for listening to the various program sources and for “memo-
rizing" favorite AM and FM stations. | mention this not by
way of a ctiticism, but rather as an indication of how well the

66

AUDIO/JUNE 1984




- -
-
© @ My REYNOLDS TOBACCO COMPANY

CAMELHG

It’s awhole new wa

Camel Lights,
unexpectedly
mild.

Warning: The Surgeon General Has Detesmined
That Cigarette Smoking Is DangeroJs to Your Healt,

9 mg. “1ar", 0.8 mg. nicotine av. per cigaretie by FTC method.

g t——
— ——



{

\W/e built Laser XE to outperform the competition.
We gave it a turbo you can trust.

dual path suspension system and
quick ratio power steering. In the
slalom Laser finishes No. 1.

\We gave it high-performance brak-
ing. Laser XE stops you where

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 leather.

We think total performance /

- calls for performance brak- /&Q\\
, It Chr XE 1 1 ing. So we gave Laser XE 3
Y , semi-metallic brake .

Laser's turbo is the sophisticated new  Pads, power brakes all
wave. A water cooled bearing reduces
critical turbo temperatures to prevent
oil “coking” and bearing failure.
Horsepower is boosted 43%. A multi-
point injection system “spritzes” fuel in

at 4 points and moves Laser like light.
With 5-speed your time to 50 mph is L o

We believe a performer has to
be a survivor, so we back your
entire powertrain with 5/50
protection, with outer body rust-
through protection for the same
period** See dealer for
etails. Buckle up for safety.

> d

5.4 seconds. Camaro 228, Trans Am, % A 35 Est. Hwy.

Toyota Supra and Nissan 300 ZX are =~ QLA IALAL 2t /l/y'ﬂ \ - - EPA Est. MPG Chrysler
In your remote-controlled side view my - The best built, best backed American cars:*
mirrors. il

“Based on overall results of USAC tests against standard
. . " equipped modets. Laser XE equipped with optional handting
around and optional wide 15" alloy suspernsion. Turbo package and 15 foad wheels and tires

3 . - 50,000 miles. whichever comes first L ed ..
wheels with Goodyear Eagle GT radials. anc Deductivie requred Excioges sses $0se EPA et rap

Laser does it when you equip it with Result: Laser stops quicker than Z28, :‘;'pﬁgmﬁg,";;m ch;yg'ﬂmg;;wm",::;;ggfggﬂ,;"g fgeeed.
turbo and performance handling pack- Mustang GT, Toyota Supra, 300 ZX, onlowest percent of National Highway lrafi Safety Amins.-
. . {{e ) m U
age with njtrogen charged shocks* Trans Am. North Ametica. =
Laser does it with front wheel drive, 3 : /—\
. S— Laser XE thinks with you. Its 19-feature »
electronic monitor even talks your / £ @ - ®
Laser beats Nissan 300 ZX in the slalom. language, while its color graphic 7/ = 50 -
displays make you a calculating - v
= : j i - _
’ . = driver. Laser XE's AM/FM stereo . =
Laser outperforms Trans Am in braking. o2 B 4

remembers what you
X ; like to hear and its /4

e — self-diagnostic system f/m
Laser is faster than Camaro Z28 from 0-50 mph.

cC H R Y S L ER

s & =

L B TR T

D ——. 3%



If one section must be
singled out, the FM tuner
section is the winner. Auto
tuning was precise, as one
expects (but unfortunately
doesn’t always get).
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Note that one input on
the Sherwood S-2860’'s
rear panel is labelled “CD.”

front-panel controls are laid out and how clearly they are
identified. My fingers seemed to go directly to the controls
and touch buttons | needed when | was putting the receiver
through its paces during bench and listening tests. The LED
and fluorescent displays were clear and easily read, even at
a distance.

As for the performance of the receiver during listening
tests, | found the FM tuner section to be the winner, if one
section of this receiver must be singled out above the
others. Auto tuning was always precise, as one would ex-
pect (but doesn't always get) from a frequency-synthesized
tuning system. The amplifier section, while not unusual in its
performance, delivered adequate power for use with speak-
ers of medium-to-high efficiency—even when the program
source was Compact Discs (as it very often is, now, in my
listening tests). The phono inputs handled my best moving-

magnet cartridges well, but users should note that the 47-
kilohm resistances provided at the inputs to the left and right
phono stages are shunted with 150-pF capacitors. It your
cartridge is optimally loaded with around 250 pF or even a
bit less (as most poputar MM cartridges are), you may have
to hunt for some low-capacitance audio cable or else keep
the ength of the cables from turntable to phono inputs
extremely short to prevent a high total capacitance from
attenuating treble response. (Of course, if you are handy
with a pair of cutting pliers and a screwdriver, you could get
inside the receiver yourself and clip out the 150-pF capaci-
tors altogether.)

Overall, | found the S-2680CP receiver to be a worthy
entry in Sherwood’s line of products, especially in view of its
modest price and its superior FM and stereo FM perform-
ance Leonard Feldman

D’Ascanio Audio
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EQUIPMENT PROFILE

Manufacturer’s Specifications Company Address: Scientific Audioj
Frequency Response: 20 Hz to 20 Electronics, P.O. Box 60271, Termi

kHz, 0.5 dB. nal Annex, Los Angeles, Cal. 30060
S/N Ratio: Greater than 90 dB. For literature, circle No. 92
Dynamic Range: Greater than 90

dB
Channel Separation: Greater than

90 dB at 1 kHz

Harmonic Distortion: [ess than
0.005% at 1 kHz

Output Level: 20 V

Number of Programmable Se-
lections: 24

M lcno SEI KI Power Consumption: 30 watts

Dimensions: 16-15/16 in. (43 cm) W

CD-M1 x 5-3/16in. (13.2 cm) H x 13% in
(34 cm) D.

COMPACT DISC Weight: 187 105, (8 kg)

PLAYER reet
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The Micro Seiki CD-M1 offers just about every feature that
listeners to CDs are likely to ever want, except for remote
control and fast audible scan of recorded programming. Up
to 24 tracks, index points, or a combination of both can be
committed to the player's microprocessor memory and can
be played back in any random order.

More and more, CD software is beginning to take advan-
tage of the index numbering feature inherent in the CD
format. To take full advantage of such indexing, the Micro
Seiki unit provides easy access to a given point in a disc by
index number within a track, as well as by track number or
even by elapsed time within a track

Control Layout

Like so many other CD players | have tested, the Micro
Seiki CD-M1 is a front-loading machine with a hinged disc-
compartment door that accommodates a vertically posi-
tioned disc. To the left of the disc door is a power on/off
pushbutton, while immediately to the right of the compart-
ment are four separate display areas, one below the other
The top display has three LED lights, for "Stand By" (illumi-
nated during the stop mode or when a track is being
searched), "Pause,” and “Play.” A "Track No." display just
below indicates the number of the track currently being
played or about to be played. The next display is multi-
purpose. It indicates time elapsed since the beginning of
the track being played and, if the “Total Time" buiton (else-
where on the front panel) is pressed, total elapsed time from
the beginning of the disc being played. Finally, this display
will also indicate index number within a track when such a
number is being programmed. The fourth display area is
much like a tuner's dial scale. An illuminated red dot moves
to the left or right to show the relative location ot the laser
pickup to the disc surface

Major operating buttons are located to the right of the
displays. Included are seven touch buttons for “Play/Start
‘Stop/Eject,” "Pause,” reverse and forward skip, reverse,
and fast forward. The reverse and forward skip buttons
move the laser pickup either to the beginning of the current
track or to the beginning of the following one. A set of keys
numbered from “0" to “9" to the right of th