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AND ITS WHAT GOES
INTO HPM SPEAKERS THAT
MAKES THEM SOUND GREAT ON
EVERY PART OF THE MUSIC.

HPM 100 e HPM 40 A
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Most speaker companies try to impress
you by describing the "wonderful” sound
that comes out of their speakers.

At Pioneer, we think the most believable
way to describe how good HPM speakers
are is to tell you what went into them.

THE HPM SUPERTWEETER:
SPEAKER TECHNOLOGY RISES TO NEW HIGHS.

In many speakers, you'll
find that the upper end of the @
audio spectrum is reproduced
by an ordinary tweeter.

In HPM speakers, you'll
find that the high frequencies
are reproduced by a unique
supertweeter.

[t works by using a
single piece of High
Polymer Molecular tilm, (hence the name
HPM) that converts electrical impulses into
sound waves without a magnet,
voice coil, cone, or dome.

And because the HPM
supertweeter doesn't need
any of these mechanical parts,
it can reproduce highs
with an accuracy and
definition that surpasses
even the finest conventional
tweeter.

As an added advantage,
the HPM film is curved for
maximum sound dispersion.

So unlike other speakers, you don have to
plantyourself in front of an HPM speaker to
enjoy all the sound it can produce.
MID-RANGE THAT ISN'T
MUDDLED.

For years, speaker man-
ufacturers have labored over
mid-range driver cones that

.
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The High Polymer Mo -ular Supertweeter.
Soincredible, we named a whole line of speakers after it

You'll never hear a sound outof these
die cast aluminum speaker irames.

HPM-100

with the same materials that were being
used in 1945.

Every woofer in the HPM <eries,
however, is made with a special carbor tiber
blend that's allowed us to decrease the
weight of the cone, yet increase the strength
needed for clarity. So you'll hear the deepest
notes exactly the way the musician recorded
them.

And because every HPM
woofer also has an oversized
magnet and long throw voice
coil, they can handle more
power without distorting.

OTHER FEATURES YOU

RARELY HEAROF
Every HPM speaker has
cast aluminum frames, in-
stead of the usual flimsy stamped out rnetal
kind. So that even when you push our
speakers to their limit, you only
hear the music and never the
frames. In tact, our competitors
were so impressed, they
started making what look like
die cast frames, but arenT.
HPM speaker cabinets
are made of specially com-
pressed board that has better
; acoustic properties tnan erdi-
& nary wood.
Their speakers have level
controls that let you adjust
the sound of the music te your living room.
And these features are not just found in
our most expensive HPM speaker,
but inevery speaker inthe
HPM series.
All of which begins to ex-
plain why unlike speakers
that sound greatononly part

N
-
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are light enough to give you
quick response, yet rigid enough
not to distort.

Pioneer solved this problem by creating
special cones that handle more power, and
combine lower mass with greater rigidity. So
our HPM drivers provide you with cleaner,
and crisper mid-range. Which means you'll
hear music, and not distortion.

WOOFERS THAT TOP EVERY OTHER BOTTOM.
Conventional wooters are still made

¢ 178 U S Pronecr tlecromes Corp , 85 Ovford Dine Macnhachie, N 07074

Level controls that let vou adjust the sound
1o your listening area.

of the music, HPM speakers
sound great on all of it.

At this point, we suggest you take your
favorite record into any Pioneer Dealer and
audirion a pair of HPM speakers in person.

If you think what went into them
sounds impressive, wait till you hear what
comes out of them.

WPIONECER"
We bring it back alive
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WHAT COMES OUT
OF A SPEAKER IS ONLY
AS IMPRESSIVE AS
. WHAT GOESINTO IT:



Avoid the
high cost

of digital
recordings!

Denon now makes available two
digital sampler albums, one classical and
one jazz, for only $7 each suggested retail.

Selections from Denon’s most popular
albums are included on these two new
pressings. Both offer the clean, flat
surfaces for which Denon is famous.

Cuts on Invitation to Denon Digital
Classics (ST-6007) include excerpts from
twelve different digital albums ranging from
chamber and organ music to full scale
orchestral.

Invitation to Denon Digital Jazz
(ST-6008) features cuts by Archie Shepp.
Billy Harper. Sonny Stitt, Dave Burrell and
others.

The Denon Digital Samplers are
available at finer record stores.

Distributed by:
Discwasher Record Division
1407 N. Providence Rd.
Columbia, MO 65201
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Empire’s EDR.9
The Phono Cartridge Designed for
Today's Audiophile Recordings

Direct-to-Disc and digital recording
have added a fantastic new dimension
to the listening experience. Greater dy-
namic range, detail, stereo imaging,
lower distortion and increased signal-
to-noise ratio are just a few of the
phrases used to describe the advantages
of these new technologies.

In order to capture all the benefits
of these recordings, you should have a
phono cartridge specifically designed to
reproduce every bit of information with
utmost precision and clarity and the
least amount of record wear.

The Empire EDR.9 is that cartridge.
Although just recently introduced, it is
already being hailed as a breakthrough
by audiophiles, not only in the U.S., but
in such foreign markets as Japan, Ger-
many, England, France, Switzerland and
Sweden. .

What makes the EDR.9 different?

1.

Within the cantilever tube. we added
a mechanical equalizer. It serves two
purposes: (1) to cancel the natural reso-
nance of the cantilever tube. and (2) to

EMPIFE EMNPIFE EMVPIFE EMPIFE EMPIFE EVPIFE EMVPIFE

improve the overall transient response
of the cartridge. The end result is a
stylus assembly that has @ mechanically
flat frequency response. The frequency
response extends from the 20Hz to 35Hz
with a deviation of no more than +1.75
dB. No other magnetic cartridge has
that kind of perlormance. We call this
stylus assembly an “Inertially Damped
Tuned Stylus! the refinement of which
took over 6 years.

5

Contact area of
ordinary
Elliptical Diamond.

Large contact area
of LAC Diamond.

In order to reproduce a groove con-
taining extreme high frequency musical
overtones, the stvlus tip must have
small enough dimensions to fit within
the high frequency portion of the groove.
Yet, the smaller the stylus tip. the greater
the pressure applied to the record sur-
face and the more severe the record
wear. In the EDR.9, we have responded
to these conflicting requirements by de-
veloping a stylus that has the. proper
dimensions from side-to-side, a much

Enter No. 9 on Reader Service Card
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smaller dimension from front-to-back.
and a very large. low prassure degree
of contact between stylus and groove
top-to-bottom. The net result of this
large contact area. which engineers call
a “footprint; is that the stylus of the
EDR.9 can track musical signals to the
limits of audibility and beyond. yet has
the lowest record wear of any cartridge
presently available. The stylus shape of
the EDR.9 is called L.A.C. for “Large
Area of Contact.

RS

Conventional cartridges exhibit radi-
cal changes in their frequency response
when connected to different preampli-
fiers. This is because the load condi-
tions — the amounts of capacitance and
resistance provided by the preamp
vary tremendously from one preamp
to another. and from turntable to turn-
table. Consequently, most phono car-
tridges. even expensive ones. have their
frequency response determined essen-
tially by chance. depending on the sys-
tem they are connected to.

But the electrical elements of the
EDR.9 have been designed to remain
unaffected by any normal variations in
load capacitance or resistance. Thus,
the EDR.9 maintains its smooth fre-
quency response and accurate transient-
reproduction ability in any music system,
irrespective of loading conditions.

3 ~ el
FmeQUENCY In GYCuas FTR svconD

A conventional cartridge’s frequency re-
sponse changes when connected to different
preamps.

& e o
SNEQUENCY (N CYELES FER SECOND

EDR.Y is not atfected by changes in loading
conditions.

4.

Then. as a final test of performance,.
we listen to every EDR.Y to make cer-
tain it sounds as good as it tests. At
$200. the EDR.9 is expensive. but then
again, so are your records.

For more detailed information and
test reports, write to:

Empire Scientific Corp.
Garden City, NY 11530

EVPIFE
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ACTUAL
SIZE

fact:

the microp

s your |
with your
audience

SMe63
Omnidirectional

Dynamic

Microphone

Shure's new SM63 omnidirec-
tional dynamic microphone mea-
sures just 5''4sin. long, 1% in.

in diameter and weighs only 2.8
ounces with no compromise in
Shure’s standard of reliability. it
offers twice the voltage sensitiv-
ity of our own SM61 (6 dB) and

hone

Take it from professionals

i who wouldn’t settle for less

A top-quality Shure microphone makes a
measurable difference in upgrading sound.
Now, Shure has added a new microphone
designed to upgrade the appearance of your
act, as well as the sound. The SM63's very low
profile (it won’t obscure the performer’s face),
plus highly effective protection and low handling
noise make it the perfect choice for on-camera

applications.

You'll find more Shure microphones than any
other single brand in applications as diverse as
live entertainment, radio and TV, hotel and
auditorium sound reinforcement, churches and
temples, Congress, legislatures and the White
House, and public safety—anywhere that sound
excellence is a prime consideration. Send for
complete literature on all Shure professional
microphones—including the new SM63.
(Please let us know your microphone

application.)

features a humbucking coil for
superior rejection of electro-
magnetic hum (up to 20 dB better
than competitive units) and an
elastomer isolation shock mount
for minimized handling noise.
The new SM63 also features the
Shure-deveioped VERAFLEX®

dent resistant
satin finish pe

?rille and a smooth
rtect for on-stage

and on-camera applications.

The Sound of the Professionals

Shure Brothers Inc., 222 Hartrey Ave., Evanston, IL 60204, In Canada: A. C. Simmonds & Sons Limited
Outside the U.S. or Canada, write to Shure Brothers inc., Attn: Dept. J6 for information on your local Shure distributor.
Manufacturers of high fidelity components, microphones, sound systems and related circuitry.
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MEMOREX HIGH BIAS TEST NO. 5.

P
WHICH HIGH BIAS TAPE |
STANDS UP TO A GENRAD |

REALTIME ANALYZER?

The GenRad 1995 Real-Time Analyzer is
among today's state-of-the-art devices fcr
accurately measuring and displaying audio
signals. That's why we used it to show that
MEMOREX HIGH BIAS is today's state-of-
the-art high bias cassette tape.

When tested at standard recording levels
against other high bias tapes. none had

a flatter frequency response than
MEMOREX HIGH BIAS.

And, the signal/noise ratio of MEMOREX
HIGH BIAS proved to be unsurpassed at
the critical high end.

Proof you can’t buy a high bias cassette
that gives you truer reproduction. And isn't
that what you buy a 4

high bias tape for? -

Is it live, or is it

MEMOREX

- MEMOREX 90

IEMOREX FIGH_ B1AS sus 90

Phones

The GenRad 1995 Integrating Real-Time
Aralyz=ar measured signals from a
Nakarrichi 582 cassette deck. Input
signal source was “pink noise" at OdB
20 nanowebers-standard record
evel). if you'd like a copy of the test
esults please send a self-addressed,

- stamped business-size envelope to the

acdress below. Ask for the GenRad Test.

-~
- Enter No. 22 on Reader Service Card

€ 1980 Memorex Corporatis>a
Memorex Audio Development Center, P.O. Box 988, Santa Clara, CA 95052, U.S A
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Magnification of Cutting the Groove

Stanton-The

Application— Cutting the
master — Stanton plays
it back

Record manufacturing starts with
the simultaneous cutting and
playback of the lacquer original.
Recording engineers rely on the
Stanton 881S Professional
Calibration Standard Cartridge at
this crucial point to monitor the
performance of the cutting system
and the entire sound transfer
process.

The Stanton 881S is perfect for the
playback of the master because it
assures minimum wear of the
lacquer groove through the patented
Stereohedron™ stylus tip. The
Stereohedron has exceptionally
wide contact area for reduced
pressure on the groove wall. And the
881S tracks superbly because of its
low dynamic tip mass.

— © 1979 STANTON MAGNETICS

From disc cutting to disco to
home entertainment your choice
should be the choice of the
Professionals. .. Stanton cartridges.
For futher information contact:
Stanton Magnetics, Terminal Drive,
Plainview, N.Y. 11803

EISTANTOIN

THE CHOICE OF THE PROFESSIONALS *

Enter No. 39 on Reader Service Card

Joseph Giovanelli

Use of Record Changers

Q. My friend thinks that using her
changer in its automatic mode will re-
sult in damage to her records, but |
think that the label and outer edge of
records are built up to prevent contact
with the grooves of other records in
the stack. —Name withheld

A. Because so many consumers were
using record changers, the recording
industry recognized the need to pro-
tect records from surface scratches
when one disc fell on the one below.
Therefore, the thickness between the
recorded groove surfaces was reduced,
leaving the center label area, as well as
the outer edge, built up to prevent ac-
cidental contact between the upper
groove surface of the lower disc and
the lower groove surface of the upper
disc. These thicker areas helped pro-
duce strong, rigid discs, but overall this
meant that the records were made
thinner than formerly. In addition, the
air cushioning which takes place when
the new records descend helps to
eliminate damage. Some of the au-
diophile disc makers feel, however,
that the thinner records are too prone
to warp, though this problem has a va-
riety of sources, e.g. too short a cool-
ing cycle during pressing.

Older changers tracked so heavily
that stylus and record wear were a
problem, but tripping mechanisms
have been so much improved that
tracking forces of a gram or so are
common, rivaling those forces obtain-
able on manual turntables. This means
that record wear from this source will
be kept low.

Multiple Speakers
With Low-Power Amplifiers

Q. | have a 10-watt amplifier with 4,
8, 16, and 600 ohm output taps. | wish
to feed not more than one watt (back-
ground music) to five to ten speakers
in as economical a manner as possible.

How do | connect 10 speakers, each
equipped with a line-to-voicecoil
matching transformer? How should |
connect 10 speakers with 8-ohm impe-
dance not equipped with line
transformers? — Name withheld.

A. The problem of how to connect
ten speakers to a single amplifier is not
difficult to solve, provided that the
leads used to supply power to the
speakers are short or are of heavy

6
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gauge. In your case, where 10 speakers
are to be used, they can be connected
in groups of five each. The impedance
will be a bit low but not low enough
to cause trouble.

Assuming you have 8-ohm speakers,
connect four of them in parallel and
then connect the next four in parallel.
Each group of four speakers has an im-
pedance of two ohms. Connect the
two groups in series. You then have a
total impedance of four ohms, and this
is just about what is needed. The com-
bination of speakers is connected be-
tween the four-ohm tap of your ampli-
fier and ground.

In the case of loudspeakers
equipped with line-to-voicecoil
matching transformers, these

transformers should take the form of
those used for 70-volt line operation. It
just so happens that with a 10-watt
amplifier, running “flat out,” the 600-
ohm winding will produce 70 volts.
Each speaker can be adjusted so that
one watt will be fed to it merely by
connecting it to the appropriate tap on
the transformer. For best results, fol-
low instructions which may be sup-
plied with the transformer so that you
will know to use the best combination
of primary and/or secondary taps.

Gold-Plated Switch Contacts

Q. Are gold-plated switch contacts
more effective than the conventional
kind? — Mike O’Leary, Waiwaialua,
Hawaii

A. Gold-plated switch contacts do
not oxidize as do contacts made from
some other materials and therefore
switches which employ gold-plated
contacts are very reliable. This reliabili-
ty is especially important in low-level
signal applications in which a minute
amount of oxidation can mean high
electrical resistance and hence im-
proper operation of their associated
circuits. (High-quality electronic key-
board musical instruments use such
contacts.) It is not necessary to use
switches of this kind in such applica-
tions as 117-V power circuits; oxida-
tion is seldom a problem here. 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.
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From the grandest opera to the Grand Ole Opry. A lot

of FM stations play a lot of different masic yet still have
one thing in common: The need for uncommonly accurate
turntatles. That's why so many FM stafions use Technics
direct drive turntables.

That professionals use Technics dir=ct drive turntables
is ~eally not surprising. What is, is that mow you can get
professional performance in Technics cuartz-synthesizer
MK2 Series: The SL-1800 manual, the SL-1700 semi-
aL tomatic and the SL-1600 fully autorratic.

Speed 3 .
Now 2 Flutter Rumble Accuracy Start-up Time
0.025% WRMS —78DINB +0.002% 1/4 rotation

As you can see, they all have impressive performance.
But with Technics MK2 Series, you also get impressive
acvances in electronics. Like a quartz-synthesizer pitch
contral. As you vary the pitch it’s instantane ously displayed
by 13 LED’s in exact 1% increments. T1at makes life easy.

So does the SL-1600 MK2's infrared disc-size sensor.
Just place a disc on the platter, press the start button and
immediately an infrared ray activates t1e micro-computer.
Tenghe Technics precision gimbal-suspension tonearm
aatomatically sets down in the lead-in groove.

And for double protection against acoustic feedback,
Techn cs precision aluminum diecast base has a double-
isolatzd suspension system. One dambs out vibration
from he base, the other from the ton=2arm and platter.

The MK2 Series. You don’t have to be aradio station
to afford performahce good enough for a radio station.

Technics

Your next turntable should be as accurate
as the ones many radio stations use.

Srsnare
Quect Dive Automatic Turninbin Syuam
S1.-1600MK?

Enter No. 42 on Reader Service Card




Edward Tatnall Canby

Herewith another segment in my
running audiobio (see Audio, Jan,
1980), otherwise known as “How | Fell
Into Audio,” recast and power-amped
out of two short pieces | wrote for this
mag back in the 1950s.

| left you in the middle of my two
pick-up playback of a 78-rpm record,
one pick-up acoustic, the other elec-
tric, using the two primitive phono
portables | then had on hand as a col-
lege student. It was
a kid’s stunt, no

been my motto.

After a somewhat dismal year at the
Great University, | moved on to anoth-
er Great University which was pleased
to have me if | didn't mind being a
freshman all over again. No love wast-
ed between universities in those days.
So it was once again as a freshman that
| roomed with an ultra-sophisticated
young school friend who thought we
really ought to have a big phonograph

more, but as al-
ways it seemed to
presage much that
has happened
since in more pro-
fessional audio
terms. Vast (and
unexpected) syn-
thetic reverb,
thanks to delay be-
tween the two
needles in the
same groove. Dis-
tributed frequency
bands (not unlike
the later Bell Labs

two-band experi-
ment) — scratchy,
tinny highs from
one machine,

muddy, tubby bass

from the other, for

the combined

“wide’"  range.

Wider, anyhow.

Accidental sur-

round sound, too

— out of one

loudspeaker and one set of acoustic
doors, both aimed randomly in differ-
ent directions.

I was always the outrageous experi-
menter via whatever came my way,
and always unofficially. Once when
my mother was away | got into her
kitchen — aged nine, maybe — and
concocted a monumental dish that in-
cluded absolutely everything from Oid
Dutch Cleanser to raw eggs, heaping
tablespoons of flour, soap flakes, oat-
meal, vinegar, Jello, and on down the
line — I couldn’t stop. Like a fine engi-
neer, | was driven by some compulsion
towards perfection. I am still the same,
though my scope is now more limited.
Make do (and more than do) with
what you have at hand. That’s always

8

s

for respectable playing of our now-
combined record collection. The
thought of still another suitcase porta-
ble made me wince, and so we went
right out and splurged our dollars on a
second-hand but genuine console
electric radio-phonograph (doubtless
junked by some earlier freshmen). It
was an extraordinary machine, that
one, a stand-up job but still crafted
out of the old Art Nouveau Victrola
style, all curves and curlicues. it had a
curious bulbous protuberance down
below where the loudspeaker was hid-
den and, at the top, a hefty handle in a
long, sidewise slot. To tune the radio
you shoved this big handle back and
forth in the fat slot. It always reminded
me of a tongue stuck out between hid-

AmericanRadioHistory.Com

eous grinning lips, and the bulbous
thing down below was certainly a pot-
belly to match. It did have a certain
dignity, I'll admit. Some readers may
remember the breed.
Getting a Handle on Handel
This machine looked so good in our
college room that we went out and
bought some new records for it. Noth-
ing small for us! The entire set of 12
Handel Concerti Grossi Op. 6, under
Ansermet, an early

78 classic. And—
L € O phew—Beetho-
PANDO ven‘s huge Missa
Solemnis in an al-
bum that must

have weighed 20
pounds. | told you
o we were highbrow.
o Too highbrow.
About halfway
through the Missa
Solemnis, four-
minute sides ad in-
finitum, we looked
at each other and
agreed to a cease-
fire. Next day the
album went back

to the store.
But we liked the
Handel, the best of
easy Baroque (as
we now call it), in
spite of some really
dreadful sounds
from the records.
They seemed to be
defective. Some
very heavy bass,
and that bass was almost unlistenable,
all broken up and buzzy and blasty
and generally distorted — nothing to
do but grit the teeth and play on. Bet-
ter at least some Handel than none. As
so often in the early classical days, |
got to know Handel, the composer,
through this set of records, just as |
was introduced to the fascinations of
erotica via a borrowed ““Lady Chatter-
ley’s Lover” in a dog-eared imported
(unexpurgated) edition. | went on, far
and wide, from these points. Both of

them.

Now this Handel turned out to be
significant. | understand today why
the bass was so prominent. The re-
cords were undoubtedly cut with a
low-turnover bass roll-off (this was

AUDIO » May 1980



The 731Q) is the finast turntable Dual has ever made.

There is always a spec:al att tude at Dual ebout the turn-able that is to
represent the most aZvamaed think:ng and accomplishments of Dua'’s
designers and enginezrs

The materia’s, the carein manuZactur:ng, assembly and quality zentrol
must exemplifv all that h=s made Dual precisior and reliakility so 1 ghly
regzrded throughou- the »ord.

And in every measure ef performance. this meocel must set the staadard
by which other fine larntasles are judged. Even more, it must mak=a
significant conzributicn to theart of recerd playdack.

This year, the quartz PLL d_sect Frive =31C, wita its ultre-low-mass
{ULM) tonearrr and czrtric ge system, exo-esses o.r attituce perfectly.

If your othercompznents and ycur -ecord zollzction war-ant
“onsideration cf suct a turtakle, ve :nvite vou tc visit your franctised
Dual dealer. Ard if you hzve = ~eccrd thzt -s warped to marginal
olayability, bu- too ve uab e tadiszard, bring it with you.

That’s all you will reed =@ share our attitude ar.d sense of pride akcut the
Dual 731Q.

Far the comp ete ULM c:eory, please wrtz Cireetly to United Audio
20 So0. Columbus Avz., D2ot. Q, Mt. Vermon. New York 10553, l] '
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Real Power
for the Real World:

The Apt 1 Amplifier

Apt Corporation believes there's only
one good reason to create a new pro-
duct; a genuine need. The Apt 1 Amp-
lifier is just such a product. With 3dB
of Dynamic Headroom, it can deliver
as much as twice its 100w average
rated power (20 Hz-20 kHz @ 0.03%
THD) on musical peaks—just as pro-
gram material so often requires. And,
it can deliver this extra performance
into any actual loudspeaker, not just
on the test bench. The Apt 1also in-
corporates new approaches to power
supply, driver stage, and protection
circuit design, which all contribute to
a uniquely useful amplifier.

Problem Solving

in a Real System:
The Holman Preamplifier

You don't live in an ideal world—
neither does your stereo music sys-
tem. The Holman Preamp is the re-
sult of over 2man-years of research
into how and why components be-
have in real-world hifi systems. As
such, it provides an unprecedented
balance of features and perfor-
mance, which combine toward a
common goal: sonic excellence.

The Holman Preamplifier and the
Apt 1 Amplifier; individually or to-
gether they make music systems

work better, and sound better.

For information, check the appro-
priate box (es) below and send with
your name and address to:

Apt Corporation
Box 512
Cambridge, Massachusetts 02139

O Apt 1 Amplifier brochure and the
name of your local dealer.

O Holman Preamplifier brochure.

O Foran Apt 1 Owner’s Manual,
please send $4 ($5 foreign).

Enter No. 5 on Reader Service Card

long before RIAA and standardized re-
cording curves), and consequently
they played back with too much bass
on an American machine. U.S. discs
generally used a higher turnover point
to begin the bass de-emphasis that is
still necessary today in all commercial
discs. Of course, | knew nothing of
such things at that time.

But that didn’t account for the bad
recording — it merely made it sound
worse. We were resigned. We played
Handel and we winced at the blats
and the squawks. But along in the
spring we decided we deserved an
even fancier phonograph, now that we
had bought still more new records. So
we traded in the machine with the
potbelly and the grinning lips for a
newer one, the first of the modern-
type console designs and no longer Art
Nouveau-Victrola. It had flat, simple
cabinetry, uncarved and uncurved,
and the conventional green-lighted ra-
dio dial with sliding pointer that soon
became standard. Millions like it were
to follow and we see their descen-
dents today.

To our astonishment, the Handel re-
cords suddenly repaired themselves!
Miraculously, they were undistorted
and like new. We played and played,
hardly believing our ears. They were
OK! Smooth, even bass, not broken
up. The problem had not been in the
records but in the machine that played
them. How could we have missed?

A very elementary lesson in hi-fi,
you will admit. But even today we still
make the same mistake a thousand
times. Don’t blame the wrong element
in your system. 1t’s all too easy, as pro-
fessionals know even more than ama-
teurs. Don’t | remember, for instance,
the widespread and very vocal skepti-
cism over the new: LP around 1949 —
we were swamped with complaints
that the new discs were impossible to
track, the grooves were too small, the
system much too fragile. Back to the
78! But as most (not all) of us now
know, the problem was not in minia-
turization, not in the LP record groove,
but in the tracking equipment — the
working combination of stylus, car-
tridge, arm and table.

At my second university | was sub-
ject to a lot more music teaching via
recordings, which were to that period
what the electronic music studio is to-
day, very much the ”in” thing for a
good Music Department. Previously,
most professors had just banged out
all the music — chorus, symphony,
what have you — on the piano. Or,
very rarely, had it actually played by
live performers. (That was decidedly a
good thing.) As you see, | was being
subjected to audio sound, relentlessly.
I practically bathed in it. But what
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those professors could do to recorded
sound, over and beyond the equip-
ment, was a hi-fi education in itself.
They had not the smallest idea as to
how to use records, how to play re-
corded music to show it to its own
best advantage.

Paine-ful Sound

Most of our music classrooms (in a
building unfortunately called Paine
Hall) had a low stage up front, with
blackboards, piano, etc., from which
the professor did his talking and where
the piano or the occasional live music
was played. When the new electric
phonographs came along, and the first
actual recordings of the music being
taught, the machines were as a matter
of course plonked down right at the
front of this stage, aiming straight out
into our ears. Where else? Why not?
That's where any live music would
come from. The phonograph, after all,
just another musical instrument — of
sorts. Canned music.

So hour after hour, month after
month, we were blasted straight in the
face from that single point source, the
one small, highly beamed loudspeaker
inside the machine. | will say nothing
about the exquisite technique the
profs used to locate, say, the second
theme of the Beethoven Froica sym-
phony, halfway through a record side.
Such squawks and screeches you nev-
er heard, with the volume all the way
up. (Of course they hated the ma-
chines and blamed them, instead of
themselves.) We lived with that, as
well as a modicum of actual, uninter-
rupted music. Some people just never
learn.

But what bothered me much more
was the disastrous effect of aiming a
speaker straight into a listener’s face at
close range. This was the mono era —
there was no distributed source, no
stereo spread; all the sound came from
that one point source (and not even a
tweeter), and it was far from undistort-
ed sound to begin with. | didn’t know
anything, but | suffered. | just felt that,
somehow, something must be wrong.
There had to be a better way. But
what? | would not have been able to
tell you. | did not know. The profs
didn’t care — for in their minds this
was the way recorded music always
sounded. So you grit your teeth and
play — and call it canned music.

Nevertheless, | had not forgotten
the magical sound of that Orthophon-
ic Victrola playing Bach-Stokowski in
the wide, stone spaces of our school
chapel, as described in my first install-
ment. The germ of a new thought con-
cerning playback acoustics was in my
mind. | began to realize dimly (as the
professors did not) that a phonograph
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KEF Mode! 304 KEF Model 303 Elegant, Efficient
Effective.

? The traditional KEF accuracy in
w music reproduction now combined
mgme= With @ higher level of efficiency.....
Whether for use with amplifiers up to 100
watts or music centers as small as 10 watts,
the two new KEF speakers—Model 303
and Model 304—can achieve surprisingly
loud volume levels without any sacrifice
of the tonal quality for which KEF is
world-famous.
Visit your authorized KEF dealer for a
thorough demonstration.
For his name and product information
write to: KEF Electronics, Ltd., c/o Intratec,
P.O. Box 17414, Dulles International Airport,
Washington, DC 20041.
In Canada: Smyth Sound Equipment, Ltd.,
Quebec J4H 3V7.

The
Speaker
N33l ¥ Engineers

Enter No. 16 on Reader Service Card

AmericanRadioHistoryv.Com



Not Hazardous
To Your Head.

The new A"SOP Video Cassette Cleaner istotally
t

non-abrasive.

completely cleans the (13 Audio

Head, (2) Video Head, (3) Pinch Reller and
{4) Capstan. Gently. Retails for $30.

ALLSOP
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The Audio Critic:
most respected
and most hated.

Some audio reviews churn out test
data like frequency response and harmonic
distortion. long proven to correlate quite
poorly with listening quality. Others intone
with mystically closed eyes that the highs
are whitish and the upper midrange
insufficiently liquid. The Audio Critic, on
the other hand, goes for jugular-vein
laboratory measurements like ringing in
loudspeaker diaphragms and hard-nosed
listening evaluations such as clear/unclear
against a known reference standard.

This kind of realism both in the labo-
ratory and the listening room has earned
the unstinting respect of some of the top
technologists and academicians of the
audio world. not to mention the contidence
of many thousands of audio consumers
who have better systems as a result. It has
also created a fulmimating. scratch-your-
eyes-out hatred among the charlatans,
witch doctors and know-nothings of high-
end audio—aus expected.

The Audio Critic prints absolutely no
commercial advertising. Eight issues have
been published so far; the recommended
retroactive starter issue for new sub-
scribers is the sixth, which is a cumulative
reference work with over 150 reviews.

Send $30 for 6 consecutive issues by
first-class mai! (no Canadian dollars. $6
extra for overseas airmail) to The Audio
Critic, Box 392, Bronxville, NY 10708.

GRAPHIC
EQUALIZER KIT

only $100

SRAZo EV2RRITER
o

12 bands pe- channel
Only 10" W x-3-3/16" H x
4-3/8" D

Can be wired for 100 dB S/N
Only .02% THD

Solid walnut end-panels
“Offers equalization capabilities
of more expensive
commercially built units at just
a fraction of the cost” — Len
Feldman in the May 1978
Radio-Electronics cover story

@ Schematic, review and
assembly manual $2.50,
refundakie with order.

FREE INFORMATION:

SYMMETRIC
SOUND
SYSTEMS

Dept. C
912 Knobcone Place, Loveland, CO 80537
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was not a literal substitute for a live
performance but, maybe, had its own
laws, its own different requirements,
its own values for musical sound. It
dawned on me that these people, my
professors, were really murdering good
music, good recording, and all with
the very best of intentions.

That summer | attended a musical
Summer School, not for professionals
but a sort of inspirational musical live-
in (as it would have been called in the
Sixties) to experience what we were al-
ready calling “great music.” And even
to sing and to play it, more or less.
Never mind the mistakes; the spirit
was what counted. | ate it up — just
marvelous. How could | know about
the mistakes when all the music was
new to me? We didn’t have 30,000 LP
records to learn from, and the local
symphony wasn’t that accessible, nor
that adventurous.

Gym-Class Mass

We tried to sing the Bach B Minor
Mass, with piano accompaniment, but
it was no Mass, rather, a mess. We
plowed straight through and Bach
would have turned over 50 times. Cha-
os! But fun, even so. Then, one very
warm day, we heard we were to be
treated to a lecture on the Bach Mass
by, of all people, one of my own col-
lege music professors. He was going to
be really up-to-date. He would illus-
trate his words by a recording of a real,
professional performance. (There was,
indeed, a single complete recording of
the Mass at this time and for years
afterwards). Now, at last, we would
get to hear what it really sounded like.
Terrific.

So the granddaddy of all console
Victrolas was wheeled into the big
school gym where we met and, you
guessed it, placed straight up front,
dead center, at the very edge of the
raised stage at one end of the gym.
Might have known! Exactly as in the
professor’'s own small classroom. But
now, however, there was a big, big
space and an audience of some hun-
dreds. So the professor did the obvi-
ous. Wouldn’t you? He turned the vol-
ume up to the very top, stepped back,
and let fire.

| shall never suffer a more hideous
“concert” than that one. It was agony.
| was sitting right in the beam, near the
front (eager-beaver me), and | got it
right in the face. There was no escap-
ing that lethal blast. Half the audience
was figuratively mowed down in the
first moments. KY-RIE ELEISON! A vast
howl like a thousand buzz saws. Ex-
cruciating. So this was electrical repro-
duction?? So this was Bach?? It was
just awful, and it was a turning point
in my life, too.
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LUX DUO-/3ETA

WE'RE NEGATIVE
ABOUT GREAT SOUND.

DOUBLE NEGATIVE.

C-5000A Duo-Beta
Stereo Control
DC Preamplitier

M-4000A Duo-Beta

Power Amplitier

180 watts per channel,
minimum RMS, both
channels driven into 8 ohms
from 20-20,000Hz with no
more than 0.008% Total
Harmonic Distortion.

W

The best way to use negative feedback is 10 design an
amplifier that doesn’t need any. Manufacturers who start with
the idea of feedback wind up with less design. And more
correction

That wouldn't be Lux-like

Lux starts by designing the best DC amplifier possible. So
you get exceptional bandwidth and reduced distortion. Then
we add not one, but two negative feedback loops. We call it
Duo-Beta™ Another first from the people where first is a way
of life.

Too much teedback reduces THD. And increases TIM.
which is worse. Too much can even destabilize an amplitier.
That could mean blown speakers.

Too little feedback reduces the damping factor Adds
speaker-induced distortion. And increases THD. Makes
rumble more obvious. Listener fatigue sets in more quickly.

Lux uses one negative feedback loop of about half the usual
amount. Goodbye TIM. Listen to the brilliance of highs and
mid frequencies.

Then Lux adds another ioop. With just enough feedback for
the subsonic frequencies to DC. At 5Hz or below. it even acts
as a subsonic filter and kills DC drift. Goodbye rumble. Listen
to the tight bass and full tonal balance throughout the
audible range.

By using precisely the right amount of feedback for each
circuit path, you get the best of all audio worlds. Low THD
Low to no TIM. Enhanced damping factor. Sensationatl sound
from top to bottom. And fully dimensional sonic clarity beyond
anything you can hear.

That's Lux-tike. Design the best. Then make it better. A case
where two negatives become positive.

® - WM W

M-120A Duo-Beta DC Power Amplifier
120 watts per channel, minimum RMS, both
channels driven into 8 ohms from 20-20,000Hz
.with no more than 0.008% Total Harmonic Distortion.

Ultimate Fidelity Stereo Components
LUX Audio of America, Ltd.

Reflecting Tomorrow’s Technology in Today’s System
160 Dupont Street, Plainview, NY 11803 / (516) 349-7070
West Coast Office: 11200 Chandler Bivd., North Hollywood, CA 91603 / (213) 985-4500
Canada: Lux Audio of Canada, Ontaro M1S 3R3

C-120A Duo-Beta

G-120A
Stereo Control DC Preamplifier

10-Band Graphic Frequency Equalizer.
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1 aeciaed right there that playing re-
corded music was NOT like playing
music live, and that was that. It had to
be different. You cannot use
loudspeakers like machine guns. Or —
heaven knows — like musical instru-
ments. This was all something very
new that came in with the process of
electrical recording. We were experi-
encing new phenomena at both ends
of the audio chain, now that the mi-
crophone could take on large, big
sounds in big places. Recording got
ahead first because it was within the
pro area, but playback lagged behind.
Too many amateurs, too many profes-
sors. Keep in mind that in the long

acoustic era of recording, these prob-
lems — and opportunities — did not
exist. Acoustic records were made at
close range and totally dead. They
played back scratchily and not loudly.
Room acoustics simply did not matter,
just as there were no recording-hall
acoustics — none to speak of, anyhow.
(A few faint background sounds once
in a while. Very rarely, an infinitesimal
bit of room sense, a space in which the
music was occurring.)

So we had the one mono source of
reproduced music and we had new,
big-sounding records that did indeed
occur in a space—a space that was in
the recording. (Not as much as now,

All power amps — with one,new
exception — limit output transistors
arbitrarily. They sacrifice useable
power for reliable operation.

The exception is the new Crown
Distinction SA2.On-board com-
puters, designed by Crown engi-
neers, allow the SA2 to use all
of the potential power of its output
transistors without sacrificing
Crown’s extraordinary reliability.

Benefits? Improved dynamic
range, for one, matching the
improved performance of metal
tapes, direct-to-disc,or digital

recording. Improved sonic accu-
racy under all conditions. Better
value, since fewer output devices
are needed to obtain the desired
power and reliability.

220 RMS watts per channel,
both channels operating,into
an 8 ohm load, with less than
.05% total harmonic distortion,
20Hz to 20KHz.

$1695.00* Available only at
Crown Distinction dealers. Write
for information on the how and
why, and a dealer list.

*Manufacturer’s suggested retail price as of Jan., 1980.

(&) crown

1718 W. Mishawaka Road, Elkhart, Indiana 46514

Innovation. High technology. American. That's Crown.
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but it was there.) Some of us, even
myself as a college kid, began to real-
ize that we had to give that space a
better chance. We had to disguise, for
the ear if not the eye, the fact that it all
came from one, single point. We be-
gan to find that some of our listening
places did this for us, not badly at all—
you might say automatically. Most
people then would have credited the
machine, or the record, or both.
Wrong again! But, one way or another,
music did sound good in some of our
rooms, and mine—largely by acci-
dent—was one. | used to have whole
evenings playing records for college
friends. | found myself, as usual, ex-
perimenting, trying this and that—if
only, sometimes, to fit in a few extra
chairs and make room; you had to
move the phonograph to a new loca-
tion. | was learning, without thinking
too much about it. But after that catas-
trophonic Bach lecture | began to be a
fot more definite.

i went home to Connecticut that
same summer and immediately began
to have evenings of record-playing at
our local swimming club boat house
for a lot more people. In effect, these
were informal record ‘‘concerts.”
There was a big, rough-hewn upstairs
room where the ladies served tea on
Saturday afternoons, all unpainted
wood with an irregular pitched roof
and lots of internal rafters—and one
whole side opening widely out onto a
deck or balcony over the water. Per-
fect! Lots of reflection, highly random-
ized, very few plane surfaces in paral-
lel, and that open side to kill any
standing waves. All this, of course, |
am saying after the fact. | guess | had
an instinct for the right place; | knew
nothing about standing waves and
random reflections.

| gave a whole series of phonograph
evenings there, and you may be sure
that | never seated any member of my
audience directly in front of the pho-
nograph—never that again! Not before
the stereo age. | aimed my sonic beam
off into a corner, diagonally, or set up
the machine to one side so it played
along the edge of the audience and
into various reflecting surfaces that
would disguise the source. In the dark,
you could not tell where the machine
was at all. That was the idea! Distribut-
ed source. And what a difference. Even
a lousy old 78 phonograph could
sound marvelous in this fashion.

Ah—moonlight! No room to de-
scribe that famous evening; enough to
say that | acquired a second audience,
out in motionless canoes over a half
mile of absolutely still lake, listening
to my phonograph from far, far away.
Now that was the kind of magic | was
after. And still am. 4
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You've heard it so often...just
as the music reaches its peak, the
phono cartridge simply gives up. But
not Precept. Bring on your thundering
climax...whether it’s the heaviest
rock music or the full majesty of
a symphony orchestra. Precept car-
tridges reproduce it all with clarity,
definition, and full dynamic range.

Or challenge Precept with the softest,
most subtle solo. The sound will
delight you with its honesty and
accuracy.

Behind this soul-satisfying
performance lies a tradition of engi-
neering leadership and excellence.

You may not be aware of our dual
magnets, square-shank nude styli,
exceptionally low moving mass, or

even our uniform 360° radial damping.

But each of these features contrib-
utes to music which is heard
undistorted and unchanged from the
intent of the artist.

Yet stirring sound is but one of
the important benefits of a Precept
cartridge. In addition, every record is
treated safely and gently for longest
record and stylus life.

There's a Precept model to fit
every popular turntable and record
player of today. Without fuss or

PC220

bother, because we believe it should
be easy to get the most from your
record collection.

Precept makes good sense and
great music. Precept cartridges may
be found at the most progressive audio
stores in your city. Precept Division,
A.T.U.S. Inc., 33 Shiawassee Avenue,
Fairlawn, Ohio 44313. Dept. 50A.

PRECEPT.

SEE AND HEAR NEW PRECEPT CARTRIDGES TODAY
AT ANY OF THESE FINE AUDIO STORES

CALIFORNIA —all Pacific Stereo Stores
all The SoundWorks Stores
Cherry Street Speakers, Chico

COLORADO —Romar, Inc., Colorado Springs
The Sound Track Stores

CONNECTICUT —all Fred Locke Stereo Stores
Sam Goody, Westport

FLORIDA —all Sound Advice Stores

GEORGIA —all Pacific Stereo Stores

IDAHO —all Inkley’s Stores

ILLINOIS —all Pacific Stereo Stores

INDIANA —all Graham Electronics Stores
KANSAS —all Audio Professionals Stores
MASSACHUSETTS —Seiden Sound, Springfield
MICHIGAN —all Highland Appliance Stores
MINNESOTA —all Sound of Music Stores

MISSOURI —all Pacific Stereo Stores
NEBRASKA —all Audio Professionals Stores
NEW JERSEY —all Sam Goody Stores

NEW YORK —all Sam Goody Stores
all Seiden Sound Stores

NORTH CAROLINA —Sam Goody, Raleigh
OHIO —all Audio Warehouse Stores
OREGON —The Good Guys, Eugene
PENNSYLVANIA —all Sam Goody Stores
TEXAS —all Pacific Stereo Stores

UTAH —all Inkley’s Stores
Computer Hi Fi, Provo

WASHINGTON —all Pacific Stereo Stores
WEST VIRGINIA —all Wheeling Sound Stores
WISCONSIN —all Pacific Stereo Stores
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Mtlntosh

“A Technological
Masterpiece..."

Mc!ntosh C 32

“More Than a Preamplifier”

Mclntosh has received peerless ac-
claim from prominent product
testing laboratories and outstand-
ing international recognition! You
can learn why the “more than a
preamplifier” C 32 has been
selected for these unique honors.

Send us your name and address
and we'll send you the complete
product reviews and data on all
Mclntosh products, copies of the
international awards, and a North
American FM directory. You will
understand why Mcintosh product
research and development always
has the appearance and tech-
nological look to the future.

Keep up to date.
Send now - - -

Mcintosh Laboratory Inc.
Box 96 East Side Station
Binghamton, NY 13904

Name

Address
City  State_ Zip.

If you are in a hurry for your catalog please
send the coupon t¢ McIntosh. For non-rush
service send the Reader Service Card to the
magazine.
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Jack of All Ohms?

Q. My tape machine has a head-
phone jack to monitor recordings, and
a small earphone of the type used with
transistor radios is supplied for this
purpose. | have found that when |
plug a good-quality headphone, rated
at 8 ohms, into this jack, | get excellent
sound quality. However, the instruc-
tion manual of my tape machine states
that a load impedance of 10,000 ohms
is required at the monitor jack. Could |
hurt my machine using 8-ohm head-
phones?—Tom Nicholson, Las Vegas,
Nev.

A. | am surprised that you get sound
of good quality when plugging a low-
impedance headphone into a source
requiring a load impedance of 10,000
ohms. Usually one would expect a
very low sound level and distorted
sound, with possible loss of high or
low frequencies. Apparently the
source impedance is much lower than
10,000 ochms, making such a connec-
tion feasible. It is unlikely that you are
doing any harm to the headphones or
to the tape machine as the result of
the mismatch. If the sound is accept-
able to you, | think you can continue
on. If you do desire to obtain a proper
match, you would have to convert to
high-impedance headphones or em-
ploy a transformer which converts
from high to low impedance.

S/N Improvement
With Dolby N-R

Q. By using a Dolby noise-reduction
unit, how much can | expect to im-
prove signal-to-noise ratio? — Don
Summers, APO San Francisco, Cal.

A. A Dolby B noise-reduction sys-
tem can reduce apparent noise by as
much as 6 to 10 db.

S/N Defined

Q. | would like to know what the
signal-to-noise ratio of a tape deck ac-
tually is—C. Odgers, Mackenzie, B.C,,
Canada

A. Signal-to-noise ratjo refers to the
ratio between the audio signal pro-
cessed by a tape system and the noise
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generated by the tape system. The
measure is most usually based on a
signal between 400 and 1,000 Hz that
is recorded at a level which results in 3
percent total harmonic distortion (or 3
percent third harmonic distortion,
which is the chief component of the
total) on the tape. If 1 percent har-
monic distortion is used as the refer-
ence level, this means that the signal is
recorded at a lower level, so that the
output signal is correspondingly less;
then the rated S/N tends to be about 6
to 8 db lower.

Let us assume that a 400-Hz signal is
recorded at a level resulting in 3 per-
cent distortion, and that the playback
signal has a level of one volt. Let us
also assume that the tape is again put
through the recording process but
without a signal input, that all gain
controls are at the same setting as be-
fore, and that the output voltage is
again measured. Now the output volt-
age consists solely of the noise gener-
ated by the tape system—by the
record electronics, playback electron-
ics, and tape. The S/N is the ratio be-
tween the first and second voltages,
namely between the output of 1 volt
(audio signal) and the noise-output
voltage. (Very strictly.speaking, the 1-
volt output also includes noise, but
the effect of this on the S/N ratio is
very trivial, so that we may generally
forget about the matter.) If the noise-
output voltage is 0.001 volt, then the
S/N is 1/0.001, or 1,000 to 1. S/N is or-
dinarily expressed in decibels (dB). A
ratio of 1,000:1 between two voltages,
if you consult a dB conversion table, is
60 dB.

Often the noise measurement is
weighted to allow for the fact that our
hearing sensitivity decreases at lower
frequencies. The noise output is put
through a filter which reduces the
lower frequencies, tending to result in
a lower noise measurement. Accord-
ingly, the rated S/N goes up. A

If you have a problem or question on tape re-
cording, write to Mr. Herman Burstein at AUDIO,
1515 Broadway, New York, N.Y. 10036. All letters
are answered. Please enclose a stamped, self-ad-
dressed envelope.
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The New Face of
Automotive ___
Audio

o,

In 1975 ADS revolutionized mobile high-fidelity with the world's first
studio-quality bi-amplified minispeaker, the 2001 It spawned an -entirely
new industry virtually overnight.

Today, ADS continues to pave the way with the Power Plate 100 amplifier
and the ADS 300i speaker system. Together they deliver g level of perfor-
mance never before attainable in a permanently installed car stereo
system.

The Power Plate 100 effortiessly produces 50 watts per channel* of clean,
undistorted power. It actually outperforms many home-use amplifiers. The
300i is the first flush-mounting automotive speaker system with high sound
pressure level capability and ADS' world-famous musical accuracy. The
Power Plate fits under the seat or in the trunk. The 300i fits in the doors,
panels or rear deck.

Supremely compact, easy to install, powerful, musical and durable, the
system is an unexcelled value at $299.50 for the Power Plate 100 amplifier
and $117.50 each for the 300i speakers.**

You can see and hear the ultimate automotive high-fidelity system at your
ADS dealer today. But we warn you. You may never be able to live with
ordinary car stereo again.

For more information, please write ADS,Dept. AU14, or call 1-800-824-7888
(Callifornia 1-800-852-7777) toll free and ask for Operator 483.

*at 4 ohms, 20-20,000 Hz with less than 0.08% THD
**suggested retail prices

/A\DS Where technology serves music

Analog & Digital Systems, Inc., One Progress Way, Wilmington, MA 01887 (617) 658-5100
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It5 called print-through.
And 1f you think it interferes with your
reading, you should hear what it does
to your listening.

It happens on tape that has low
magnetic stability Music on one
layer of the tape 1s transferred to
music on an adjacent layer, causing
an echo.
- AtMaxell,we've designed our
tape for superior magnetic stability.
Sowhat$s happening to the opposite
page won't happen to your music.

You see,we believe you should only
hear the music you want to hear.

Nothing less, and nothing more.
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Bert Whyte

At the Winter CES there was a con-
siderable amount of comment that
many manufacturers were not show-
ing anything really new and were per-
haps holding back on their new mod-
els and innovative products until the
Summer CES in June. While there un-
doubtedly was some justification for
these attitudes, an excursion through
the audio exhibits at the Convention
Center, and a thorough tour of the
Jockey Club (head-
quarters for the
high-end manufac-
turers), enabled
one to ferret out a
number of interest-
ing new audiophile
products. So here-
with the conclud-
ing section of the
WCES report.

If “hope springs
eternal in the
human breast,”
nowhere is this
better exemplified
than with the man-
ufacturers of exotic
audio electronics
who exhibit at the
Jockey Club at the
WCES, or at the
Pick Congress Ho-
tel at the SCES.
These brave folks
always seem to be
willing to confront
the electronic es-
tablishment with
new and better
mousetraps in the form of new pream-
plifiers, amplifiers, etc. Many fall by
the wayside after a brief moment of
glory in the pages of the audiophile
press, usually victims of undercapital-
ization, bad management, or both. But
there is no denying that if the products
are really worthwhile and the financial
and marketing pitfalls can be avoided,
a star can be born.

One of the most musical sounds |
heard at the Jockey Club was pro-
duced by the system demonstrated by
Spectral Audio Associates of Sunny-
vale, California. Intended ultimately as
a complete integrated system, their
System One consists of a pair of Quad
electrostatic speakers driven by the
Spectral CPU-One digital control hy-
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brid FET amplifier. This unit uses FET
hybrids and operates in Class A at 75
watts per channel/FTC. Slew rate is
claimed to be in excess of a rather in-
credible 1,000 V/uS, with a power
bandwidth extending from d.c. to 10
MHz! A microprocessor constantly
monitors all operating parameters and
instantly disconnects the load if any
anomalies are encountered. Above 7
kHz, a pair of Spectral MS7 direct-

pletely separate. Each amplifying stage
is isolated with its own power regula-
tor, and there are a total of 12 individ-
ual regulation circuits. All p.c. boards
are said to be of aerospace quality,
with all switchware gold over silver
contacts. The MS-One has an extreme-
ly large bandwidth (3 Hz to 3 MHz), is
very fast (slew rate 250 V/ uS), produc-
es minimum feedback, and has very
high gain circuits to allow the use of
moving-coil phono

drive ribbon tweeters is employed and
extends frequency response beyond 30
kHz. The tweeters are powered by
their own Class-A 30 watt/channel
MOS-FET amplifier. From 80 Hz down,
a pair of proprietary distributed bass
subwoofers, each powered by its inte-
gral Class-AB 200 watt/channel ampli-
fier, is used. This tri-amplified set-up is
controlled by the Spectral MS-One
preamp, which is actually the only unit
now in production; the other products
will be coming on stream by the fall of
this year.

The MS-One is a slimline unit of
modular construction. A dual mono
preamp design, it shares only a spe-
cially shielded volume control; all
ground circuits and shields are com-
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cartridges without
step-up devices.
The price of the
Spectral MS-One
preamplifier is
$1,595.00. The
companion MS-100
a.c. sequencer au-
tomates the a.c
control of system
components. For
use with multi-am-
plifier systems, it
has eight a.c.
outlets and em-
ploys two separate
a.c. delay circuits
to turn on system

components in a
controlled
sequence. Delay

status is monitored
by advancement of
front panel LEDs,
and this $400 unit
indicates incorrect
line voltage and
also includes filters
to minimize power
surges and r.f. interference.

Obviously, the Spectral firm has em-
barked on an ambitious program.
Their System One offered exceptional-
ly wide-range, clean, smooth and well-
detailed reproduction, with good
depth and excellent stereo imaging.
The use of tri-amplification permitted
a much higher SPL output than would
normally be associated with the type
of speaker components involved.

Switching On To Switching Amps
Sony had a very large and impressive
display of new receivers, cassette
decks, and other components, but the
focal point for audiophiles was their
TA-N88B pulse-width modulation ster-
eo amplifier. This is Sony’s successful
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NOW THAT YOU'VE GOT THE
COMPONENTS YOU WANT...
GET THE ONE YOU NEED.

A SCOTCH CASSETTE IS THE ONE Master 111® (FeCr) will give vou outstanding
COMPONENT THAT LETS YOUGETIT clarity for any recording, plus a high-end brilliance
ALL OUT OF YOUR SYSTEM. that delivers truly remarkable

sound on your car stereo.
There isn’t another — e Y

R —— — Every tape in the Scotch
&l pEueS gt ey : Sco'tch \ line is made with the

ive you better . .
gounz than Scoteh same kind of care and
' i precision that

Rich, true, pure ;
went into your

sound. The
best your other compo-
stereo can nents, to give
deliver. you all the
Take performance
Scotch Master® o systgg}i\cjgrrl
Series for '
example. Three SCOTCH
premium cas- METAFINE.
settes with three THE ULTIMATE
different COMPONENT.

oxide formula-
tions designed to
bring out the
best in the type of
music you record.

When Metafine
metal particle tape
was introduced, it
was so advanced most
decks couldn’t record
on it. Now, metal-
compatible decks are
available and Metafine is

If you record music
at high sound levels,

like rock, choose Master 1® , .
for normal bias. It gives you stretching cassette recording almost

the volume level you want without to the limits of the audible range.

the distortion some low noise e NO TAPE COMES

tapes can induce. CLOSER TOTHE TRUTH
Master 11® for chrome bias is THAN SCOTCH.

ideal for classical or mood music.
Sensitive and quiet, it can record
the softest passages without
interfering tape hiss.

More than 30 years of research,
technology and innovation go into
each of our cassettes. What comes
out is the truth. No more. No less.

SCOTCH RECORDING TAPE. THE TRUTH COMES OUT.

Enter No. 18 on Reader Service Card
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embodiment of the Class-D switching
amplifier, which a number of compa-
nies have tried to produce. In a Class-
D amp, the transistors act as switches
and are either fully on (zero resist-
ance) or fully off (infinite resistance).
The conversion of varying amplitude
input signals to constant-amplitude
pulse widths requires the audio signals
to be sampled by an ultra-high fre-
quency, in this case 500 kHz. Complex
circuitry ultimately produces 500-kHz
pulses such that at each sampled in-
stant, the width of the pulses are di-
rectly proportional to the amplitude of
the audio signals. The varying width
pulses are amplified, and then a pas-
sive low-pass filter demodulates the
pulse-width output back into the orig-
inal audio signals. Sony found that
conventional transistors did not func-
tion well at the 500-kHz frequency
needed for pulse-width modulation
amplification, so they utilized their
special Vertical Field Effect Transistors
(V-FETs) for the purpose. The Sony V-
FET has a high slew rate, very fast rise
and fall time, and is considered quite
stable and reliable. In contrast to typi-
cal Class AB or B amplifiers, with aver-
age efficiencies on the order of 30 per-
cent, this Sony Class-D amp has an ef-
ficiency approaching better than 90
percent. In a relatively small (187% in.
W x 3% in. H x 14% in. D) package that
weighs 24 pounds and without mas-
sive heat sinks or cooling fans, there is
160 watts/channel FTC with less than
0.5 percent THD. One of the big ad-
vantages of this design, according to
Sony, is its soft clipping characteristics
when pushed beyond its rated power
output. In fact, the company claims
the N88B can be pushed up to 250
watts/channel without significant in-
crease in distortion. This is in marked
contrast to the rapid and steep in-
crease in THD of conventional transis-
tor amplifiers, which exhibit hard
clipping when driven beyond their
rated output.

Some years ago when Infinity was
working on Class-D switching ampli-
fier design, one of the guiding lights
on the project was John Ulrich. One of
the founders of Infinity, he now has
formed his own company, Spectron
tlectronics, Inc. in Chatsworth, Cali-
fornia. Evidently John decided that
further research into switching ampli-
fier design was worthwhile, and now
here he was at the Jockey Club proud-
ly displaying a Class-D switching am-
plifier. In the Spectron configuration,
two 250-watt mono amps are mounted
on a single 3'%-inch thick rack-mount-
able package weighing 18 pounds.
Power supply is a pulse-width regulat-
ed switching type operating on either
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115 or 220 V at either 50 or 60 Hz. The
unit is furnished with an LED bar
graph to display output levels. At 18
pounds there obviously are no large
heat sinks involved, but a small fan is
provided for horizontal cooling so the
amplifiers may be stacked in rack
mounting. Price of the Spectron Class
D amplifier is expected to be around
$1,500.

Towers of Power

For some time now, a company
named VMPS Audio Products has
been advertising in the classified ad-
vertising section of Audio. They manu-
facture columnar-type loudspeakers,
utilizing multiple driver units and
making some fairly outrageous claims
for performance, and all at quite
modest prices. Lo and behold, in my
journeys through the corridors of the
Jockey Club, I found a demonstration
room for this company, which turns
out to be a division of ltone Audio of
El Cerrito, California. 1 must confess
that | was preconditioned to this type
of loudspeaker, having heard many ex-
amples, mostly of foreign manufac-
ture. For the most part, they were son-
ic abominations, usually characterized
by incredibly boomy exaggerated bass,
midrange peakiness, shrill and searing
high frequencies, no depth, no imag-
ing, and every sonic coloration you
can imagine. When | walked into the
room, my heart sank because there
was this huge black column standing
83 inches high, covered with assorted
sized speakers from top to bottom.
Determined to hear this “thing,” |
gritted my teeth, activated my auditory
protective filters, and asked the young
fellow in charge for a demonstration.
Well!!l It is rare that anything in audio
surprises me after all these years, but |
was literally flabbergasted by hearing
some of the best sound at the Show!
Partly my shock was the totally unex-
pected reaction to hearing such excel-
lent sound from what previous experi-
ences had led me to expect would be
the worst. It didn’t take long to find
out that the enthusiastic young man in
the room was company president and
designer of the speakers, Brian
Cheney. He is a veteran audiophile
and a devotee of the minimum phase-
response theories of Audio’s Dick
Heyser. VMPS Audio manufactures
four speaker systems, the Mini-Tower
2, Tower-2, Super Tower, and Super
Tower-2, the system to which | had
been listening. All are of the minimum
phase-response configuration and are
sold either fully assembled or in kit
form at considerable savings.

Because of space limitations, Ill
concentrate on the top of the line, the
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Super Tower-2. There are a total of 16
drivers in each of these speakers. One
15-inch driver is bottom-firing and slot
loaded; another 15-inch driver is front-
firing. This is the subwoofer section.
Then come two 12-inch low-bass driv-
ers with staggered resonances and
compliances. Next is a 12-inch mid-
bass coupler. Midrange is handled by
four 5-inch butyl surround drivers with
staggered resonances. Five 1-inch soft
dome tweeters are in a vertical line
source array, and two piezo-horn su-
pertweeters are at the top of the line
source. The speakers are sold in mirror
image pairs, and either full range or bi-
amp operation is possible without ex-
ternal crossover. Bi-amping is recom-
mended for the Super Tower-2, and
Brian Cheney was demonstrating them
in this mode using Bedini Class A, 100
watt/channel and 25 watt/channel
amplifiers.

Doesn’t sound like much power?
Well, the efficiency of the Super Tow-
er-2is 103 dB at one watt/one meter. If
you would like to feed in the maxi-
mum 500 watts, you will get a chest-
squeezing 132-dB output! If you want
bass, the -3 dB point of low-frequency
cut-off is 17 Hz. Cheney is very proud
of the fact that he can quote distortion
figures for the Super Tower-2 at less
than 0.25 percent THD, 22 Hz to 30
kHz, with one-watt input. He played a
variety of music, all of which was very
smooth and clean, highly detailed
with tight, rock-solid bass fundamen-
tals, minimal coloration, and in spite
of the multiple drivers, no sense of
disparate sound sources. Imaging, in
fact, was quite good. Then Brian
played the Telarc 1812 Overture, and
not only were the cannon reproduced
with gut-thumping power, but you
heard the real low-frequency funda-
mental with no doubling.

| am certain that this speaker is one
of the few that will have no difficulties
handling the dynamic range of true di-
gital recordings when they finally ar-
rive on the audio scene. You can buy
the kit version of the Super Tower-2
for $799. The cabinet is fully assem-
bled, and Brian states that about five
hours of work installing the drivers is
about average. For those who don’t
dig kits, the speaker costs $1,299 in
black and $1,499 in rosewood. Prices
quoted are for each speaker. Warning:
The Super Tower-2 is a BIG speaker
and shipping weight is 300 pounds.
The moral of this tale is obvious —
even if the speaker looks a bit weird,
take time to have a listen.

Cartridge and Arm Wrestling

There are those who will tell you
that the analog disc and the phono-
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dbx

Recording Jechnalogy Seiies "
moos. 224 & [ &
TAPSE

dbx ome

BIMULTANEQUS ENCODE / DECOOE&
TYPED REDUCTION

TAPE NOIBE aSYSTEM

FOR®27S; DBX TECHNOLOGY BRINGS YOUR
HOME RECORDING SO CLOSE TO DIGITAL,

INTRODUCING

THE DBX

RECORDING TECHNOLOGY
SERIES MODEL 224.

THE BEST PERFORMANCE
YOU CAN BUY FOR
UNDER*50,000.

Digital recording means two things.

No noise, and a full dynamic range
of 90dB.

But until now, only recording engi-
neers have been able to enjoy that
incredible sound using studio record-
ing systems costing $50,000 or more.

Now, however, there’s the new
dbx Recording Technology Series
Model 224, the state-of-the-art in
home recording. It hooks right into
your present tape system. And it lets
you do almost everything you could
do with a digital system, but for a
whole lot less.

THE QUIETEST SOUND ON TAPE.

As for noise reduction, nothing on
the market comes close to the
Model 224.

RELATIVE NOISE LEVEL (dB)

FREQUENCY (Hz)

Dolby reduces noise by only 10dB at best, and only in
the high frequency range. dbx virtually eliminates
tape hiss, reducing it by more than 30dB across the
entire frequency range. (Unretouched laboratory
photograph. Data from “’The Importance of Dynamic
Range,” Audio Magazine, January, 1980. For a copy
of the article, write dbx.)

IT’S ABSURD.

The Dolby®** system you've been
putting up with certainly doesn't. It
only reduces tape noise by 10dB at
the most, and only in the high fre-
quency range.

Compare that with the dbx Model
224, which reduces tape noise by
more than 30dB across the whole fre-
quency range. It virtually eliminates
tape noise, without adding any audi-

2 ble distortion or
changing the tonal
' character of the
s sound.

The result is a dif-
ference you can
easily hear. In fact,
you'll be able to
record quiet music
passages that
& would be lostin

| tape noise with any
e Ot ET SYStEM.

Conventional tape recorders limit dynamic range.
With the dbx Model 224, you can get the dynamic
range approaching that of a live performance.

DYNAMIC RANGE
APPROACHING DIGITAL.

The Model 224 also gives you
something else you've never heard
before from a tape recorder: full
dynamic range.

Dynamic range is the difference in
volume between the loudest and
quietest passages in a piece of music.
It's just as important to the realism of
music reproduction as flat frequency
response, or accurate spatial
perspective.

And although live performances —
and digital master tapes—go up to
90dB of dynamic range, even the best
home recordings have been limited to
only about 50dB. So no matter how
good your recorder is, you've been
missing at least cne third of your
music’s dynamic range.

Enter No. 8 on Reader Service Card
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Well, the Model 224 gives you the
capability to record an unprece-
dented 85dB on open reel and 80dB
on cassette.

So for the first time, you can make
live recordings that capture virtually
all the dynamic range of the original
music.

In addition, the Model 224 is the
only system that lets you tape fine
audiophile records without losing any
of their dynamic range.

And you can use the extra head
room provided by the 224 to dramati-
cally extend frequency response and
minimize distortion during recording.

As if all that weren’t enough, you
can use the 224 to play dbx Discs, the
Full Dynamic Range Recordings that
deliver up to 90dB of music dynamics
with negligible surface noise. Because
the 224 includes the decoding system
that makes your present stereo com-
patible with these phenomenal new
discs.

HEAR IT TODAY.

The sound of digital recording
really is here. Dynamic range
approaching a live performance.
Music heard against a background of
virtual silence. And a purity of sound
that's never been possible before in
home tape recording.

Visit your authorized dbx retailer
today for a demonstration of the dbx
Model 224.

We think you'll agree with us. For
$275, you'd be crazy to pass it up.

dbx, Incorporated, 71 Chapel
Street, Newton, MA 02195.

*Manufacturer’s U.S. suggested retail price: actual
price set by dealers; rackmount kit available at
additional cost.

**'Dolby’ is a registered trademark of Dolby®
Laboratories inc.

dbx’

MAKING GOOD SOUND BETTER




graph cartridge and arm are in the
twilight of their long history, that there
is little technological progress that can
be made or is worth bothering about
before this music reproduction system
sinks into oblivion. It has been said
many times before. But when stereo
tape threatened their existence, we
learned how to put two channels of
sound in the grooves. The quadra-
phonic sound era started with tape,
but even with that, we figured out
how to put four channels of sound in
the groove. Th's time, maybe digital
audio will indeed knock the tough old

analog disc out of the ring. Perhaps it
is inevitable, but there are some pretty
sharp marketing people who think the
ultimate demise is still a long way off
and that further refinements can be
made in the existing technology.

For all his genial exterior, Dave
Fletcher of Sumiko, importer of the Su-
pex moving-coil cartridges and other
assorted phono gear, is a very savvy

“and canny guy. He's figuring that his

segment of the high-end phono mai-
ket is still very much interested in up-
grading the quality of its phono repro-
duction, hence his marketing hand-

EQUALIZERS . ..
PREAMP-EQUALIZERS ...
CLASS "H” AMPLIFIERS....

THE PERFECT PRE-AMP

FOR THE GREAT NEW gupER-POWER

AMPS!

For a SUPER-SYSTEM meatch the SP4001 with any of these TRUE **State-of-the-Art”” amps —

——

SP4)01 SPECIAL FEATURES

* Oual 10-Banc EqualiZation » Zero-3ain/LED Level Balancing * Sub-Sonic
Filtering » Four Mono Phano Preampl-liers » Two-Way Tape Oubbing » Two
External Processing Lonps « 32-Stesped Level Control « Zero-Oetent Slide
Potentiometers » 19" Aack Msunt » Iscludes Walnut Wood Veneered Side
Panels ¢ Incimdes “*“REQUENCY S>ECTRUM ANALYZER” Test Record «

includes ‘‘COMPUT INE CHARTS' far Instant Re-setting

£, s
OHNES

NEW CLASS “H”
250 W. AMPS

SP4001 SPECIFICATIONS

PREAMP SECTION
FREQUENCY RESPONSE: Hi-Level +VadB, 5 Hz to 100 kHz.
Phono * ¥2dB, 20 Hz10 20 kHz.
TOTALHARMONIC OISTORTION: Less than .01%.
IM OISTORTION: Less than .01%.
PHONO SIGNAL-TO-NOISE: 97dB.
PHONO PREAMP OESIGN: Four separate mono preamp
circuits.
EQUALIZER SECTION
IN-OUT MONITORING: L.E.D. Comparison Clrcuit.
HARMONIC DISTORTION: Less than .01%.
948,

FREE'- 1-Page

SIGNAL-TD-NOISE: Better than 105dB.
Full-Color Brochure

HYS & HOWS OF EQ

wCtuots SOMPLIT SHSHEATIO

The new CLASS **H " AMELOG logic Var-Por-tional” circuit with AUTO-CROWBAR

Jrotection circuit input S+el controls, aijistable range meters, main and remote
speaker selection, clipirg imicatars, VaARI-POR-TIONAL® indicators and speaker
Jrotection. 250 watls R#S mininum pfc 20.20KHz @ 8 ohms, less than 0.1%
THD. T.L.M. better than 0.02%. NON-LIMITED outpul asswres crisp clean

seaks. 3 models. BASIC, NETER, AMP-QUALIZER, $640 to $949

SCAN-ALYZER'

i me i

s LS §
INCLUDES COMPLETE SPECIFICATIONS ON ALL MODELS [

SEND $§.00 FOR EQ-EVALUAIION KIT:
1-12* LP “*FREQUENCY SPECTRUM ANALYZER'* TEST RECO-D, 3 CHARTS, 1 CABLE, INSTRUCTIONS.

Made in L, 3.A. by SCUNDCRAFTSMEN « 2200 South Fitchy » Santa Ana, GA 92705 U.S.A.
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made Koetsu moving-coil cartridges, at
$1,000 each. Similarly, he is introduc-
ing what will be known as The Arm, a
high-technology design using super-
precision bearings expected to sell for
a cool $1,100' You don‘t think au-
diophiles will pay these prices? With
inflation whittling the dollar's value
down to 48¢, it's possible.

In the same rarefied area, Dynavec-
tor has recently introduced what they
call their DV-Karat and DV-Karat Dia-
mond moving-coil cartridges. There is
much new technology here, including
the fact that the cantilever on the DV-
Karat is made from solid synthetic
ruby, while the DV-Karat Diamond,
rather incredibly, has a solid diamond
cantilever. Moreover, the cantilevers
are very short, only 2.5 mm rather than
the usual 6 or 7 mm. | had the pleasure
of meeting Dr. Tominari, President of
Dynavector and inventor of these car-
tridges. He was Prof. of Mechanical
Engineering at Tokyo University,
speaks fluent English, and we had
some interesting discussions about
these radical cartridges. In order to
mount the diamond stylus in the can-
tilever, a special new type of laser
“drilled” the very tiny hole. The can-
tilevers themselves are specially
ground and polished from blocks of
ruby, sapphire, or diamond. The coils
are very tiny and wound with silver
wire, while the magnet is of the new
samarium cobalt rare-earth type. Un-
like most moving-coil cartridges, these
have relatively high compliance and
are meant to be used in low-mass
arms. Tracking force is also low, 1.5
grams optimum. Dr. Tominari pointed
out that because the cantilever is so
short and Karat Diamond is composed
of the hardest material known, wave
propagation is very fast.

| have been using the diamond can-
tilever cartridge recently, mounted in
the Technics EPA-500 arm. The total
weight of the Diamond Karat is but 5.3
grams and, mounted in this Technics
arm tube specifically designed for the
compliance range up to 15 x 10** cm/
dyn (which just happens to corre-
spond with the cartridge compliance),
arm/cartridge resonance interaction is
minimal. As you might expect, tracking
is superb. The sound is exemplary in
every aspect and is the best | have
heard from a moving-coil cartridge.
The greatest point of superiority, most
probably due to the short diamond
cantilever and the fast wave propaga-
tion pointed out by Dr. Tominari, is
the blazing fast transient response.
Playing a direct-to-disc recording like
the M & K release of Ed Graham’s Hot
Stix is a revelation. With cartridges like
this and other ongoing developments,
there is bound to be life in the old
discs yet! A
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ADCOM INTRODUCES
BALANCED POWER

- AT A PRICE THAT WONT UNBALANCE YOUR BUDGHET.

At Adcom, we firmly believe in large part, the outstand- design of the output section of
that the primary justification for ing performance of the GFA-1 the GFA-1 is equally evidentin
introducing a new piece of equip-  is directly attributable to a singu- the design of the power supply.
ment is superior performance. lar design innovation, Adcom’s instead of the massive and
And, if we can du it at a modest "Balanced Bridge™" output comparatively inefficient power
cost, so much the better. configuration. transformers found in conven-

Happily, the new Adcom Unlike conventional ampli- tional amplifiers, the Adcom
GFA-1 meets both of these fier circuits which drive only one GFA-1 employs a specially
requirements. terminal of the loudspeaker and wound toroidal transformer

No amplifier we know of fix the other terminal at ground, for better power regulation and
offers such exceptional perfor- the Balanced Bridge drives both greater efficiency. Moreover, the
mance at such an affordable sides of the loudspeaker 180 toroidal transformer which is
price, only $400." Indeed, degrees out of phase. Conse- smaller and weighs less affords
despite the wealth of sophisti- quently, power supply voltages greater magnetic field concen-
cated equipment available today,  are reduced and the output tration and minimizes stray field
we know of no amplifier at any devices are operated very con- effects for lower hum and noise.
price that is significantly better. servatively. More important, this To insure continuous safe

Consider power output for configuration results in a per- operation at high power levels,
example. The Adcom GFA-1is fectly balanced design that is the Adcom GFA-1 has a built-in
capable of delivering 200 watts fully complementary and sym- fan that silently directs a contin-
per channel RMS into 8 ohms metrical from input to output. uous stream of cool air over the
with less than 0.05% harmonic The same meticulous output transistors. And in the
distortion from 20 Hz to 20,000 attention to detail lavished on the unlikely event the output devices

Hz. Moreover, it still has enough
reserve power or “headroom” to
prevent clipping on high ampli-
tude transients.

But high power was not the
only or even the most important
design consideration. Special
attention was paid to reducing
transient intermodulation distor-
tion (TIM) and slew induced dis-
tortion (SID). Since it has been
demonstrated that these two
forms of distortion are largely
responsible for the coarse or
grainy quality known as “transis-
tor sound,” a characteristic com-
mon to many amplifiers that
otherwise measure out well.

ADCOM GFA-
POWER AMPLIHE

Enter No. 1 on Reader Service Card
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should overheat, a thermal sen-
sor automatically cuts off power
to prevent damage.

In sum, the Adcom GFA-1
represents a unique achieve-
ment in amplifier design. A near
perfect balance of power and
inaudible distortion. A serendipi-
tous balance of performance
and price.

For additional information
on the benefits of Balanced
Power, both audible and finan-
cial, as well as the name of your
nearest dealer write to Adcom,
9 Jules Lane, New Brunswick,
N.J. 08901.

“Suggested retail price © Adcom 1980



Bert Whyte

At the Winter CES in Las Vegas, the
world of video didn’t enter the 1980s
with a whimper instead of a bang, but
neither did it really stir up much of a
commotion. Among dealers and reps
there was much moaning and gnash-
ing of teeth because “The VCR market
was soft in 1979 and didn’t meet sales
expectations,” “Profit margins in VCR
sales have been badly eroded,” and
above all, “The public is resisting the
VCR because the

designated factories, etc. Unlike the
Magnavox introduction to a few se-
lected test markets, the RCA plan calls
for nationwide distribution.

Video-Disc Sweepstakes

The really stunning news is that at
this early stage of development, CBS
and Zenith have entered into agree-
ments with RCA to become licensees
for RCA’s SelectaVision video discs.

prices are still too
high.”  While the
naysayers have
some valid points,
the old ‘cool
hands” are aware
that video is an

(&)

evolving market
and that those who
are making the
most noise are
“fast buck’ artists
who fail to see the
tremendous poten-
tial of all aspects of
the video market.
While there
were some inter-

esting new prod-
ucts and develop-
ments at the CES,
the biggest news
came after it end-
ed. As | am sure
you are aware, the
video disc has
been considered
the bright hope of
the future, a glam-
or product that is the key to a vastly
profitable new market. Needless to
say, everyone wants to get into the act,
which is why we have a profusion of
video-disc systems, virtually all of
which are incompatible.

After the abortive Teldec effort in
Europe, the Magnavox/Philips laser/
optical video disc managed to get on
the American market (albeit in just
three cities) in 1979. RCA, which has
made a number of announcements
about the imminence of their video-
disc system, swears they are commit-
ted to the introduction of their stylus/
groove capacitance-type SelectaVision
video disc early in 1981. They have
poured some $130 million into its de-
velopment, with special production
equipment for the player and the disc,
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Traditionally, these corporate mono-
liths have always been worlds apart on
technological developments. Who can
forget the 33%-rpm versus 45-rpm
record-speed war in the early ‘50s?
Having RCA and CBS involved in a
joint venture is roughly akin to Yassir
Arafat and Menachem Begin becom-
ing lodge brothers. There is no doubt
that with RCA and CBS behind Selec-
taVision, it will be a formidable con-
tender as a standard for video discs.
But wait. Although SelectaVision is
said to afford a high-quality color pic-
ture, in its present embodiment it is a
relatively simple system. Unlike some
of its competition, it does not offer
such features as slow motion, still
frame, and other special effects. Most
importantly, SelectaVision presently
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does not afford stereophonic sound.
While it is true that American televi-
sion has monophonic sound, one of
the ongoing attractions of some of the
video-disc systems is their capability of
stereo sound with the video playback,
as well as music recordings with true
digital stereo playback. To get Selec-
taVision on the market for the target
price of under $500.00, the basic
monophonic unit is probably neces-
sary and adequate,
but stereophonic

L. € QO sound capabilities

PANDO must surely be a
future considera-
tion.

Another new de-
velopment may
have a bearing on
the ultimate capa-
bilities of the
SelectaVision vid-
eo disc. Matsushi-
ta, OEM supplier
of VCR units to
RCA, has decided
to put its VISC
stylus/groove vid-
eo disc system on
the back burner, so
to speak, and con-
centrate instead on
the company-
owned JvC
grooveless/capaci-
tance video-disc
system. The JVC
VHD (video high
density) video disc
permits slow
motion, still frame, and many other ef-
fects, plus digital stereo sound with
video playback. The bonus here is the
JVC AHD (audio high density) discs,
which afford digital stereo sound play-
back of music recordings with the ad-
dition of a PCM adaptor costing under
$500.00. 1t certainly is not inconceiv-
able that, since the SelectaVision and
JVC video discs are both of the capaci-
tance type, these similar technologies
might merge. The result could be a
compatible video disc which may well
be considered as a basis for standard-
ization.

Meanwhile, Magnavox is having its
problems. For one thing, the price has
increased to $775 for their player and
up to $24 each for the video discs. This
has raised some speculation that these
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, wagnavox has gained an
sely powerful ally — none
wier than IBM. MCA, the big enter-
tainment conglomerate (Universal Pic-
tures, etc.) was in partnership with
Magnavox on the Magnavision system
and, with their extensive backlog of
feature films and TV productions, were
to make the bulk of the Magnavision
discs. IBM acquired 50 percent of the
MCA interest in MCA/Magnavox, and
then IBM and MCA formed a new
company, Discovision Associates. This
new company bought half interest in
Universal Pioneer Corp., whose func-
tion is to build Magnavision playback
machines.

All this big-business wheeling and
dealing aside, with the huge financial
and engineering research resources of
IBM and their expertise in high-density
data storage and retrieval in several
varieties of discs, it is likely that they
can resolve the problems with the
Magnavision discs and the laser play-
back units. Obviously, with giant IBM
in their corner, you can’t count Mag-
navision out of the video-disc sweep-
stakes.

VCRs at CES

As to what was new in video at the
CES, it was mainly a matter of new
longer playing, programmable VCRs
from both the VHS and Beta camps. It
is now obvious that VCR users are sen-
sitive to the high (and rising) costs of
blank video cassettes. Thus, maximum
playing time is more important to
many, even if it is accompanied by a
loss in picture resolution. The longer
playing times, plus the special features
of slow motion, freeze frame, etc,
make stringent demands on the video
tape, especially the thinner formula-
tions. Maxell has introduced Epitaxial
HG (high grade) cassettes for VHS ma-
chines that afford six-hour playback
(tape speed is ¥ original VHS speed).
TDK has followed suit with Super Avi-
lyn HG, and you can be sure other
blank-tape manufacturers will soon
have similar products.
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New six-hour, programmable VHS
VCRs were offered by RCA (OEM from
Matsushita), Panasonic, JVC, Quasar,
Hitachi, and others. In the Beta camp
there is the new Sony SL-5600, capable
of all three Beta playback speeds so
cassettes from the earliest and subse-
quent Betamax units will be playable
on this model. It is a $1,350 VCR with
14-day programming and "Betascan,”
the scanning system enabling multi-
speed program search with recogniz-
able pictures. Longer playing (5%
hours) Beta VCRs were also shown by
Toshiba (V5425) with forward- and re-
verse-search modes, and Zenith, also
with speed-search facilities. Typical of
the VHS long-playing units was the
JVC HR-6700, which has two video
heads for two-hour playback and two
video heads for six-hour playback.
Their double-speed-search system al-
lows picture recognition without
"monkey chatter” effects on the audio
track.

Toshiba did indeed produce its
LVR (longitudinal video recorder),
Model L-10A with mechanical tuner at
about $500.00, and a fancier, more ex-
pensive Model L-10S with electronic
tuner and remote control. Toshiba in-
sists these are production models and
will be available before the summer.
The simpler LVR mechanisms (with
implied higher reliability) and lower
prices are undoubtedly attractive, but
some observers feel that the present
limit of two-hour playback time can
be a significant drawback. Toshiba ob-
viously beat BASF to market with its
LVR, but BASF’s California plant for
manufacturing their LVR machine is
now under construction.

Sanyo made some VCR history by
offering the first commercially avail-
able digital music cassette — Ry Coo-
der's Bop ‘Till You Drop. This Warner
Bros. production was recorded with
their 32-channel 3M digital recorder,
and the Sanyo cassette was duped
from the digital master. The format is
Beta, the cassette costs $25, but you
must acquire Sanyo’s Plus 10 PCM
adaptor at $3,995 for playback. Sanyo
emphasizes the Plus 10 PCM unit is a
production model, available in March
of 1980, and it can be used with either
Beta or VHS VCRs. You have to admire
Sanyo’s enterprise, but until we get
VCR units with integral PCM on LSI
chips, the market for digital cassettes
will most likely be minuscule.

Toshiba, which introduced the first
programmable TV console, has devel-
oped a remote-control 19-inch CA-975
TV set capable of programming up to
six programs per day, 24 hours in ad-
vance. RCA and Gold Star have similar
units, and others are sure to appear.
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Heavenly Television

All aspects of the video scene are
progressing at a pace that is bringing
yesterday’s “far-out’ ideas to commer-
cial reality much sooner than anyone
could have imagined. Speaking of “far
out,” the really mind-boggling idea of
home reception of earth satellite sig-
nals is gaining in interest mainly be-
cause it is now possible to achieve this
at costs that are considered commer-
cially viable. To receive the signals of
Comsat, Satcom, Westar and other
communications satellites parked in
orbit above the U.S. and Canada, you
need an 8- to 10-foot parabolic dish
antenna, low-noise signal-boosting
amplifier and special receiver.

Such equipment is available from a
number of American firms, at about
$10,000 and up; a good installation
would average $15,000 to $18,000.
However, a company called Telecom-
munication, Inc. has teamed up with
an equipment manufacturer, Scientific
Atlanta, and, purportedly, for an in-
stallation fee of $3,000 and a monthly
rental of $150, they’ll set you up to
receive satellite signals. With this ser-
vice you have an incredible variety of
programming to choose from: Nine or
so pay-movie channels, special news
service and sports channels, religious
channels, educational channels and, in
addition, FM "super stations” like
WEFMT in Chicago. There are perhaps
over a million households out in the
“boonies” which cannot receive nor-
mal TV or FM signals. Remember, both
TV and FM transmissions are horizon-
limited systems; even with transmis-
sions from the top of the 1400-foot
Empire State Building in New York
City, about 40 miles is about the limit
of acceptable reception.

But even forgetting the benefit of
earth satellite receivers in isolated lo-
cations, think of the fabulous pro-
grams one could enjoy. Imagine a live
concert of the London Philharmonic
Orchestra in Royal Festival Hall, with
the excellent BBC microphone pick-up
techniques. The transmission is
beamed to the British/European satel-
lite, most likely picked up by the big
dish at the Goldstone tracking station
in Maine, relayed to a Satcom or some
other U.S. satellite, and thence down
to your backyard dish antenna. Real
live symphonic music, received with
superb wide frequency-response quai-
ity. What a glorious prospect! The
same applies, of course, to TV recep-
tion of live opera, ballet, drama, etc.
With something so desirable and ex-
citing as earth satellite reception, costs
are sure to keep declining, and t'm
going to be watching this develop-
ment very closely. A
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SONIC HOLOGRAPHY®

From coast to coast, from reviewer to
reviewer, response to the new Carver
C-4000 SONIC HOLOGRAPHY/Autocorrela-
tion Preamplifier has been overwhelm-
ingly favorable.

'But the overriding question raised by
the unit is how its holographic generator
sounds, since this is its unique claim to
fame. Our answer: Terrific. With the
system set up right and the listener
ensconced in the preferred position, the
stereo image —even with recordings that,
because they are multimiked, depart from
Carver’s theoretical ideal —is generally
crystalline in a way that almost beggars
normal stereo reproduction. If that norm
can be likened to a curtain of sound ex-
tending between the two speakers, the
holographic generator seems to open the
curtain and reveal a deployment of musi-
cal forces extending behind, between and
beyond the speakers...And, to carry the
simile one step further, turning on the
autocorrelator is like lifting a thin residual
scrim of noise from between the auditor
and the stage.” High Fidelity Magazine,
January 1980.

”...the result was positively breath-
taking! When the lights were turned out
we could almost have sworn that we were
in the presence of a real live orchestra.”
Hal Rogers, Senior Editor — Popular Elec-
tronics, May 1979.

"Plain old stereo will never be the
same.” Arthur Salsberg, Editorial Director
— Popular Electronics, May 1979.

"Instruments and performers are lo-
cated where they belong, whether to the
front of, between, beside, or behind the
speakers—in short, anywhere in a 180-
degree arc facing the listener”” Omni
Magazine, March 1980.

"The effect strains credibility — had I not
experienced it | probably would not be-
lieve it myself.” Julian Hirsch, Hirsch-Houck
Laboratories, Popular Electronics,

May 1979.

"Bob Ajaye...after two days of critical
listening called the Carver invention ‘a
giant leap forward for hi-fi' | agree.” Larry
Klein, Technical Director — Stereo Review,
May 1979.

Whether you're searching for a new
preamp, or just want to be stunned, we
suggest that you critically audition a prop-
erly set up C-4000. Sonic Holography de-
livers the depth and breath of the concert
stage. The only sound experience that
out-performs Sonic Holography is the per-
formance itself.

CARVER

CORPORATION

PO Box 664
Woodinville, Washington 98072

Enter No. 43 on Reader Service Card.

In Audio magazine, tape playback
equalization at 7% ips has been pic-
tured in the manner of Fig. 1, with pro-
nounced bass boost. Elsewhere it has
sometimes been presented in the
manner of Fig. 2, which shows quite
the opposite — bass cut and treble
boost. The uninitiated reader may well
wonder which is correct.

They are both correct but approach
the subject from different viewpoints.
Before going on, it should be noted
that the following explanation applies
in principle not only to playback
equalization for 7% ips, but also to
equalization for other tape speeds and
for various cassette tape formulations.

Conventionally we think of equal-
ization as a change in frequency re-
sponse performed by an electronic cir-
cuit. For example, an FM tuner pro-
vides treble cut in order to compen-
sate for the treble boost applied by the
broadcast station; this strategy helps
reduce noise. A preamplifier provides
both bass boost and treble cut when a
magnetic pickup is employed to play a
phono disc; this compensates for the
bass cut and treble boost employed in
disc recording to minimize distortion

Which Is the Real Tape Playback Curve?

at low frequencies and noise at hiy
frequencies.

Turning to tape, we find that in the
complete absence of equalization,
record-playback response would take
the shape of an inverted U: A combi-
nation of severe bass loss and severe
treble loss. Bass loss is due to the in-
trinsic nature of a magnetic playback
head, which responds to the rate of
change of the signal, so that output
varies with frequency. Given a flat sig-
nal (constant flux in its core), the head
produces an output signal that
changes at the rate of six dB per octave
as frequency changes. The change in
output with frequency may be viewed
as either bass loss or treble rise. Here
we refer to it as bass loss.

Further, owing to the contour ef-
fect—where the playback head as a
whole and not only its gap responds to
the recorded signal—a practical head
may produce somewhat greater out-
put than an ideal head in the low bass
region. Thus, Curve A in Fig. 1 might
be modified slightly, as shown by
Curve b. All in all, however, the play-
back equalization called for in order to
achieve flat response is quite close to

Fig. 1—Standard tape playback equalization at 7% ips for an

ideal magnetic playback head.
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that of Curve A in Fig. 1.

tn 1965, to emphasize the fact that
playback equalization must reflect the
irregularities of a practical head, and to
get away from the notion that a play-
back head must inevitably have a six-
dB-per-octave characteristic, the NAB
(National Association of Broadcasters)
decided to present standard playback
equalization in a different manner,
that of Curve B in Fig. 2. This practice
was also adopted by the RIAA (Re-
cording industry Assoc. of America).

Figure 2 considers the playback
head, as well as the playback electron-
ics, part of the playback equalization
system. Given a flat signal (constant
flux in the core of the head), it indi-
cates that the playback head and the
amplifier electronics should in combi-
nation produce the output of Curve B
in Fig. 2—treble boost and bass cut.

But the output of a magnetic play-
back head tends to rise six dB per oc-
tave with frequency, as shown by
Curve Cin Fig. 2. Therefore, the differ-
ence between Curves B and C must be
the equalization supplied by the play-

back electronics. Specifically, the dif-

Fig. 2 is equal to Curve A in Fig. 1.

One way to see this is to plot the
difference between Curves B and C on
audio graph paper. A second method
is to turn Fig. 2 about 34 degrees clock-
wise until the six-dB-per-octave line
(Curve C) is horizontal. In reference to
this line, it may easily be seen that
equalization supplied by the playback
electronics consists of bass boost.

Another way of describing Curve B
is that it shows the electronic equal-
ization that would be required if the
output of the playback head were flat
instead of rising six dB per octave. A
Hall-effect head, which has long been
in the offing, would have flat output.
But up to the time of this writing, play-
back heads have universally had a six-
dB-per-octave characteristic. There-
fore, if you measured the playback
equalization of a 7%-ips tape deck,
you would obtain something quite
close to Curve Ain Fig. 1.

Similarly, at other tape speeds and
for the various cassette tape formula-
tions, you would find that playback
equalization supplied by the deck’s
electronics consists primarily of bass
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Interface:C Series ||
is the fulfillment of
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ciation with optimally
vented speakers based
on the theories of
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by Electro-Voice in 1973:
The Interface:C offers
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BUILD A HEADPHONE
CROSSFEED CIRCUIT

Charles Repka & Paul Berkowitz

The late Dr. Benjamin Bauer, a man of many talents, made

innumerable contributions to a broad spectrum of areas in

the audio field. One of his major interests was psychoacous-
tics, as evidenced by his work in the development of the SQ
matrix and his earlier work in the area of binaural hearing.

In the early 1960s, it was observed that in listening to ster-
eo recordings via headphones, an exaggerated stereo effect is
heard as compared to the sound of the same recording via
loudspeakers. Research by Dr. Bauer and others revealed the
main cause of this effect is the lack of the acoustic crossfeed
between the left and right ears that occurs naturally when
listening to either live music or recordings through
loudspeakers. Another factor is the absence of the natural
loss of audible separation at low frequencies because of ear
spacing. The use of headphones, acoustically isolating the
left ear from the right, removes the crossfeed, exaggerates the
low-frequency separation, and produces the unnatural spa-
tial effect.

With this knowledge, Dr. Bauer proceeded to design sever-
al circuits which electrically simulated the acoustic crossfeed.
Figure 1 shows the circuit devised to drive low-impedance
phones, while Fig. 2 shows the version for high-impedance
phones, Fig. 3 shows the frequency response and separation
produced by either of these circuits. Note that the response
below 200 Hz is essentially mono. For a short while, these
circuits were produced commercially and incorporated into
the jensen Model CC-1 headphone control center, although
this unit has not been available for some time.

Not too long ago, we became involved in a project to pro-

duce a series of recordings designed specifically for head-
phone listening. Since the cost of making several dozen new
recordings using binaural techniques was prohibitively ex-
pensive, we decided to investigate the possibility of using the
Bauer circuit to convert existing conventional stereo record-
ings into binaural recordings by passing the signal from the
master tapes through the Bauer circuit and then re-recording
the modified signal.

We first tried using the jensen control center circuitry, but
this approach proved impractical because of impedance
mismatches that caused large signal losses. The Jensen unit
had been designed for connection to the output of a power
amplifier and to reduce the output signal to the milliwatt
level required by a typical pair of headphones.

We then decided to design an active filter equivalent of
the passive networks designed by Benjamin Bauer. After con-
sultations with Dr. Bauer, who was very generous with his
advice, and some help from a circuit-analysis computer at
Columbia University, Paul Berkowitz came up with the cir-
cuit shown in Fig. 4.

This circuit is easy to build and does not require any spe-
cial parts or critical layout. We built our version using a scrap
piece of vector board and buss wire and used 741 and 301 1Cs
because that's what happened to be handy at the time. Actu-
ally, any decent linear IC can be used for all stages.

The blend control, R20, was added as an afterthought.
Originally, we merely had a switch that allowed us to insert
the circuit into the signal path but decided it would be useful
to have some means of adding the circuit gradually into the

AmericanRadioHistorv.Com




signal as well as controlling the amount of blend. The 10-
kilohm pot does this quite nicely.

LEFT EARPHONE

RIGHT EARPHONE
+ et

Although the binaural record project never got off the ~ ~/ S
ground, we were Igft with this handy little circuit. It does not #g:[r 608 8mH 608 8mH ,ngt,
have to be used with a tape recorder but instead can be used +o— b TN Oy
with any preamp. The circuit can also be monitored eitheron -9 | o+
the preamplifier's own headphone output or, if more power 308
is needed, via the power amp. 3F

The Bauer circuit, in either active or passive form, is very amH
effective in eliminating the unnatural “ping-pong” stereo
that occurs when conventional recordings are heard through 3. BuF
headphones. This new active circuit, however, provides the Wi s
added flexibility of variable separation. 4
Reference . ] R — e
1. Bauer, Benjamin B., “Stereophonic Earphones and Binaural Loudspeak- Fig. 2 — Original passive circuit for high-impedance
ers,” Jour. of the Audio Engineering Society, Vol. 9, No. 2, 1961, headphones designed by Bauer.

Fig. 1 — Original passive circuit for low-impedance Fig. 3 — Performance of circuits in Figs. 1 and 2.
headphones designed by Benjamin B. Bauer.
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Digital
Techniques
In Sound
Reproduction

Daniel Minoli*

Signal Processing

The advances in acoustic signal processing techniques we
describe below have been brought about by the needs of the
telecommunications industry to provide (relatively) noise-
free telephony over ultra-long distance (intercontinental)
calls and to achieve better throughput from existing facilities.

Before we proceed further into signal processing aspects,
which is the key subject of this article, we want to point out
that computers (which, as discussed in Part |, speak only digi-
tal language) also must communicate to distant locations via
telephone lines. To do this, and here is the amusing point,
computers still in large part must convert this digital stream
into an analog stream — the telephone does not transmit
square waves very far. A device to do this coding at one end
and decoding at the other is called modem and operates (in
its simplest form) by coding a 0 with a single sine wave tone
at 2025 hertz and a 1 with a sine wave of 2225 hertz. In the
telephone audio band, this is all that is required to achieve
communication.

How, then, can a wave be converted to and from digital
form so the advantages of digital processing can be realized?
Broadly speaking, there are two approaches to the conver-
sion problem. Waveform digitization methods take samples

*International Telephone and Telegraph
Domestic Transmission Systems, Inc.
New York, N.Y.
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of the waveform and represent the sampled waveform ampli-
tudes by digital, binary-coded values. At the other end, the
digital signals are converted back to analog form in an at-
tempt to reconstruct the original speech waveform. As the
name implies, these coders essentially strive for facsimile
reproduction of the signal waveform. Iin principle, they are
designed to be signal-independent, hence they can code
equally well a variety of signals — speech, music, tones,
wideband data. In contrast, vocoder methods make no at-
tempt to preserve the original speech waveform. Instead, the
input signal is analyzed in terms of standardized features,
each of which can be transmitted in digitally coded form. At
the other end, these features are reassembled and an output
signal is synthesized [3.]

The vocoder approach is finding excellent applications to
the transmission of speech, particularly where extremely low
bandwidth (20 Hz to 1000 Hz or approximately 50 to 2400 bits
per second) is needed and for secure, encrypted applications.
These devices are still very expensive ($12,000-%$15,000 and
up), and the underlying techniques cannot be used in a gen-
eral musical context unless (1) one either knows exactly the
instrument playing and this must be in a solo application
since the vocoder is tailored after the acoustic entity it is
trying to synthesize, or (2) one uses a vocoder to get a syn-
thetic voice — say synthetic operatic voices (do not confuse
this with any of the existing musical synthesizers; to my
knowledge, no one has yet tried what we advocate here).

Before we continue, let's look at a graphic example which

Hlustration: Wayne Bressler
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makes the distinction between the two methods unequivo-
cal. Think of waveform coding techniques, such as pulse
code modulation (PCM), as cooking a delectable cake in Par-
is, then using an SST to carry the cake to New York, in a well-
heated oven, for delivery to a fancy restaurant. Think of vo-
coder techniques as getting in touch with a renowned cook
in Paris, writing down his receipe on a piece of paper, mailing
the receipe to the New York restaurant we are considering,
and baking the cake in New York. The benefits/drawbacks of
each method are clear. The first is clumsy and requires a lot
of space and special handling, but you get the original, au-
thentic product. The second method is elegant, concise, and
quick, but you get a replica (not always 100 percent faithful)
of the product.

Interestingly, a software/hardware trade-off between the
two approaches exists. Assume we were thinking of coding
human voice, so that the vocoder could be used; suppose
also we needed to put 20 hours of speech on some software
disc. If we use vocoders, the recording/reproducing hard-
ware would be expensive, but the software would be cheap
since you could put the entire 20 hours on a single disc (by
assumption). If we use PCM, the recording/reproducing
hardware is inexpensive (we only basically need A/D, D/A
devices as described below), but the software would be ex-
pensive since you now need 20 discs to store the same infor-
mation. This type of trade-off consideration is done everyday
in the telecommunications industry: If the call has to go
across town, use PCM; if it has to go to Europe, vocoder
techniques may be more cost effective.

A digital audio system can be viewed as containing six
distinct sections — input analog, analog-to-digital conver-
sion, digital processing, digital storage, digital-to-analog con-
version, and output analog. By comparison an analog/digi-
tal/analog system is composed as follows, input analog, A/D
conversion, digital processing, D/A conversion, analog stor-
age, analog output. Although the two conversion subsections
can be designed using any number of waveform coding tech-
niques, they can all be analyzed as information transforma-
tions between the analog and digital domains. This provides
a unifying structure for examining conversion without regard
to implementation.

The analog world (or domain) is characterized by variables
that can take any value within a specified range; for example
the temperature can be 65, 65.21, 65.211723 degrees F., etc,;
an electrical current can be 0.5, 0.55, 0.5592662, 0.5592663 V.
(However, if we add the concept of analog noise, then the
resolution cannot be any better than the noise value. If, for
example, the noise magnitude was on the order of 0.001 V,
we might elect to say that the last two voltages could be
considered as having originated from the same “true” value
and that the difference can be attributed to noise; the addi-
tive noise limits the analog resolution in that the ability to
distinguish two voltages is impaired by noise.) We can say
that infinitely many values can be assured by the analog vari-
able.

We have already seen that in the digital domain we can
only represent a finite set of values: The size of this set, and
the preciseness (significance) of the digital quantity is a func-
tion of the code we have elected to use. With two bits we
can represent four numbers; these can be: 00=0, 01=1, 10= 2,
1M=3,0r00=001=0510=111=15;0r.00=0, .01 =
0.25,.10 = 0.50, and .11 = 0.75. If we need more resolution or
range, we need more bits.

In order for each digital word to represent a signal that
originated in the analog domain, each word is assigned to a
region of the analog signal range. This requires that the ana-
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Fig. 11 — Pulse code modulation (PCM).

log domain be divided (quantized) into the same number of
regions as there are digital words. Consider an analog signal
ranging between 0 and +1 V which is to be mapped on to a
4-bit word. This requires that the one-volt range be divided
into 16 regions, as illustrated in Fig. 11. Since we made each
of the quantization regions the same size, in this example the
levels are spaced at intervals of 0.0625 V. Any voltage be-
tween 0.975 and 1.0000 V would be assigned a unique word
such as 1111. (The spacing need not be uniform; this is re-
ferred to as “companding” or compression/expansion, which
is logarithmic PCM). Since all other voltages in this interval
are represented by the same word, we can say that the
quantization process creates an error, called quantization er-
ror. Clearly, adding another bit to the digital word would
allow twice as many levels to be specified, and the quantiza-
tion error would be cut in half.

Increasing the number of bits can reduce this error signifi-
cantly, but there must always be an error since there are a
discrete number of exact analog voltages represented by the
digital words but an infinite number of analog voltages [4].
Another way of seeing this form of encoding is as follows:
We move along the curve and at every point or, at least, a
large number of points, we measure and write down the
height of the curve from the X axis, but we must remember
four things: (1) Our yardstick does not allow us to measure,
say, 7.32172, but only 7.321 (quantization error); (2) The
marks on our yardstick are a function of the number of codes
we have available (word length); (3) We can’t measure every
point and must settle for a subset (sampling), and (4) Since
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Fig. 12— Conversion steps.
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our numbers must be used by a computer, they must be
written in digital (101101 V) rather than decimal (45 V) form.

Discrete Time Sampling

The previous discussion considered the mapping of a sin-
gle analog voitage into a single digital word. However, the
audio signal is time varying, requiring us to partition the con-
tinuous time variable into a discrete series of time points. At
each of the time points, referred to as sampling times, the
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analog voltage is converted into a digital word. Thus, a
sequence of digital words is generated at the same rate as the
sampling [4].

The concepts of discrete time and quantized amplitude are
not the same. Quantization describes the process of collaps-
ing a group of voltages into a single value, whereas discrete
sampling means that only specific values of the time variable
are being considered. All changes in the analog signal be-
tween discrete sampling times are ignored. Fortunately, if the
analog signal is band limited relative to the sampling rate
(Nyquist rate), the information in the sampled analog values
is identical to that contained in the complete unsampled an-
alog signal. Even though the sampling process ignores all sig-
nal changes between samples, no information is lost. There-
fore, sampling done the right way preserves all information,
while quantization always discards information [4].

How, then, does one sample the signal the right way to
retain all the information and thereby reconstruct the origi-
nal quantized signal? It can be shown mathematically that if
the signal has a spectrum which is band limited to one maxi-
mum top frequency, that is to say, there is absolutely no
energy above this frequency (and by definition none below
the lower limit), then the number of samples per second
must be equal to 2f m.. This is called the Nyquist rate. Restat-
ing this, we can say that with a typical 50-kHz sampling fre-
quency, there must be no energy in the original wave above
25 kHz.

The only way that the analog signal can be band limited is
by the use of a very sharp low-pass filter before the sampling
process. It is therefore the low-pass filtering which destroys
information (bandwidth reduction) rather than the sampling
process. This is preferable since the low-pass filter merely
removes higher frequency components above the Nyquist
frequency, whereas the sampling process would generate
new frequencies. The only sources of degradation are the
low-pass filtering and the quantization process at the input.
It is not the digitization process which creates the degrada-
tion: A band limited time-sampled quantized analog signal
has the identical information as the sequence of digital
words (see Fig. 12) [4].

Complete Conversion System

A complete digitized audio system is shown in Fig. 13. The
incoming analog signal is low-passed with a very sharp filter
to restrict the bandwidth as discussed above. This signal is
then sampled, and each sample is held to allow the analog-
to-digital (A/D) converter time to convert the information
into a digital word. Once in the digital domain, the digital
processor can perform any number of functions such as de-
lay, transmission, storage, filtering, compression, or rever-
beration. At the output, the reverse process takes place: A
sequence of digital words is converted to a discrete series of
analog voltages by the digital-to-analog (D/A) converter. An
output low-pass filter smoothes the discrete analog samples
back to a smooth waveform [4].

A/D and D/A converters are inexpensive devices. A D/A
converter in a home digital system could cost at most $100;
for telephone-grade service, such a device can be purchased
for as little as $10.

Signal-to-Quantization Error Ratio

One of the important measures of quality for a digital con-
version system is the ratio of the maximum signal to the
quantization error. This ratio is a function of the number of
bits in the conversion. For a signal quantized with an n-bit
word system, the signal-to-noise ratio is y 1.5 x 2" which be-
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Fig. 13 — End-to-end digital system.
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comes the following, in decibels, 6.02n + 1.76. Each bit con-
tributes six decibels to the system performance.

Some other technical considerations must be given to fully
describe the amount of final distortion we would hear in a
totally digital system; [4] is the best work yet on this subject.
Out of scientific fairness we have talked at length about the
distortion produced by the system; we should, however, em-
phasize the enormous improvements achievable by digital
techniques over conventional or even direct-to-disc tech-
niques.

Let us look at some performance specs for analog-digital-
analog discs.

Telarc/Soundstream

Frequency Response: D.c. to 21 kHz.

THD: Less than 0.004 percent; at peak level, less than 0.03
percent.

S/N:90 dB.

Dynamic Range: 90 dB.

Sampling Rate: 50,000/S, 16-bit linear PCM.

Wow and Flutter: Unmeasurable.

Denon

Frequency Response: D.c. to 19 kHz, 0.2 dB.

THD: Less than 0.1 percent.

Interchannel Crosstalk: -80 dB.

Dynamic Range: 89 dB.

Sampling Rate: 47,250/, 14-bit linear PCM.

Wow and Flutter: Unmeasurable.

Philips 4%-in. Digital Disc (Announced)

Stereo Program: One hour.

Interchannel Crosstalk: -80 dB.

S/N: 85 dB.

Sampling Rate: Unknown, but greater than 40,000/S, 14-bit
PCM.

To quote from Edward Tatnall Canby in his Audio Septem-
ber, 1979, “Audio ETC” column:

...The specs for the [Philips] Compact Disc are
not quite up to top professional standards — that
is, digital standards. Philips is thinking consumer.
Most professional digital tape now uses a 16-bit
coding, for the ultimate in “headroom.” Philips
has made a mild cut back, from 16-bit to 14-bit
coding. This allows for a system usable in the
very lowest, cheapest popular equipment on a
mass basis. But is it a serious compromise from
the audio viewpoint?

Well, not exactly. Merely from the astronomi-
cal to the semi-astronomical. As we are aware,
the digital system does not “read” noise of the
all-too-familiar analog sort, on either disc or tape.
To be sure, S/N in the Compact Disc system is
not quite up to professional digital tape. Instead
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of an incredible 90 dB down for the noise level, it
is reduced to a mere 85 dB.

Please note that the very best an LP can do, in
theory, is around 60 dB signal to noise, and we’'ll
say nothing about the average disc. And look at
the S/N specs for your hi-fi circuitry, where the
noise is purely electronic. This little disc matches
the fanciest. Its available dynamic range, to
match, is also 85 dB — check that against cassette
and LP.

Stereo separation? Because the two stereo
channels are read out in separate digital “words”
the separation is, well, not quite infinite. The fin-
est stereo cartridges edge up towards a 40-dB
channel separation and anything in the mid-30s
is very OK for the better models. The Compact
Disc figure: 80 dB.

Need | say more about audio quality? It is sen-
sational, and that is that. And yet still, in the end,
this disc is potentially inexpensive enough to go
into the cheapest of popular miniplayers. It has
that potential, like its cassette sibling.

Those of us lucky enough to own a good system (analog-
digital-analog discs do indeed tax your system to an unprece-
dented level, as a note in one of Telarc’s records cautions)
must say that such recordings sound spectacular. Low-fre-
quency notes come through uncompromised. This response
of d.c. to 20 kHz, *0 dB, is nothing miraculous in digital
recordings; it can best be understood if we think of the spec-
trum of a signal, namely a graph in the amplitude-frequency
domain, depicting the power of each frequency component.
In the coding process, low frequencies are as any other fre-
quency; if a 20-Hz note has one watt of power, the coding
algorithm so notes that information (effectively); for PCM it
is not any different than observing that a 1-kHz note has one
watt of power,

It should be remembered that at 50,000 samples per sec-
ond and 16 bits per sample, one second of music needs
800,000 bits of information (0.8 x10° bytes/S); 20 minutes of
program require 120 million bytes (1 byte = 8 bits), the size
of a typical disk pack attached to a medium-sized minicom-
puter system. This is a rather large amount of data even by
today’s standards and why, as we have indicated, we must
use the principles of the video disc (another bit-waster),
which provides the required bandwidth (it, in fact, can give
you about 12 x 10° bits/S of storage).

While some end-to-end digital systems already exist or are
about to be announced, their introduction will be marked by
lack of standardization. For the next two to five years it is safe
to assume that A-D-A (analog-digital-analog) processed discs
will be the avenue via which most audiophiles will come in
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contact with digital material (let us hope that the price will
come down, too).

Figure 14 illustrates the Denon system. Here the benefits of
digital can be harvested by perhaps 90 percent in the sense
that during the recording process the music is converted
from analog to digital; this implies that all editing and copy-
ing (of which there will be many such operations) can be
done as many times as needed, without adding any distor-
tion whatsoever. Editing of digital streams is done by
transferring the coded information into a computer where all
edits are made electronically. The newly arranged informa-
tion is then transferred back to tape where the information is
stored digitally (saturated/nonsaturated), rather than in ana-
log fashion. Let us consider the principle of electronic editing
in some detail.

Editing Systems
An editor is a computer program which operates on the

second) in each line of a file called “Performance 1" as fol-
lows:

Line 1 312
Line 2 715
Line 3 020
Line 4 358
Line 5 971
Line 6 210
Line 7 713
Line 8 358

Other data not shown
Line 100,000 382

l.e., , we stored two seconds of music (100,000 samples);
the line numbers do not actually appear in the file (they are
assumed or available on request); the numbers represent, as
it should be clear by now, the height of the sound wave at
time 1/50,000, 2/50,000, etc. (They should really be written in
binary code, but we use decimal notation for clarity.)

Fig. 14 — The Denon system.

THE RECORDING, CUTTING AND MANUFACTURING PROCESS OF PCM DISC RECORDS

ORDINARY PROCESS

MICRO- M TAPE TAPE CUTTING METAL METAL | o] STAMPER DISC
PHONE [ ] cONSOLE RReRoR0) | ~[(FLAvBACK) COTTING | T|(FEATING| | (FCATRG[ | (PLATING ™) PRESS ™= gecoro
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PCM
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FHONE/| QarCONSOLE (RECORD) | [(PLaYBACKI  [SMULATORI ™ civring)|  |(PLaTing)| | (PLATING)|  |(PLATING)
Electrical Performance and Features increasing culting capacity sharply (characteristic at and magnitude binary code
1) Wide dynamic range {more than 89 dB in practical half-speed playback; d.c to 10 kHz, 105 dB or b) Transmission clock frequency — 7.1825 MHz
use). less) ¢) Transmission waveform Standard TV signal
2) Low distorlion factor (less than 0.1 percent at operat- 9) Equipped with an advanced head {2 channel, direct (except vertical synchronizing signal).
ing level) recording, for variable pitch, which makes cutting as d) Audio sampling frequency — 47.25 kHz
3) No wow and flutter (not measurahle) efficient as in Lhe case of conventional records) e} Number of audio channels — 2, 4, 8, selectable.
4) Nointerchannel crosstalk (less than -80 dB). 10} Capable of editing and splicing. f} Advanced signal recording method — Direct
5) Flat frequency characteristic over a wide range (D.c. 11) Little loss in duplication recording
10 19 kHz, *0.2 dB; d.c. to 20 kHz, +0.2, -1.0 dB or 12) No ghost, can be stored for a long lime g} Number of advanced signal channels — 2
less) Qutline h} Magnelic tape recorder used — 4-head low-band
6) No modulation distortion. 1} Configuration — PCM converter, 4-head low-band VTR.
7) Multi-channel recording and playback {2, 4, and 8 VTR, audio and waveform monitor i} Tape speed — 38 cm/S
channels) 2) Specifications i} Head-lape relative speed — 40 m/S
8) Capable of half-speed reproduction, i.e., capable of a) Modulation — Pulse code modulation, 14-bit sign k) Acceptable tape — two-inch video tape.

data residing in the computer’s work space. To do this, the
editor makes available to the user a set of commands that
can be employed in achieving the objective. Some funda-
mental commands of all editors are:

Read F1: Bring into the work space file (data) named
F1.

Merge F2: Bring into the work space file (data) named
F2, and merge it to the tail of whatever is al-
ready in the work space.

Find X: Find the line containing the symbol X and stay

there.
Replace (on the line you are at) X with Y.
Delete the lines from n1 to n2.
Save whatever is in the work space into a file
F3.

You can do quite a bit with these few commands; we illus-
trate a “splice.” Assume that during one session, a perform-
ance was recorded by placing each sample (1/50,000 of a

38

Replace/X/Y/:
Delete n1, n2:
Save F3:

Assume that a second performance of the same musical
piece was saved in a file called “Performance 2" as follows:

Line 1 135
Line 2 318
Line 3 721
Line 4 421
Line 5 539
Line 6 781
Line 7 132
Line 8 158

Other data not shown
Line 100,000 662

finally, assume that we would like to keep the first 6/
50,000 of a second from Performance 1 and the rest from
Performance 2. The commands are:

Read Performance 1.

Merge Performance 2.

Delete 7, 100,006.

Save Mastertape.
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An incredible sound experience awaits you. An ex-
perience that technology alone finds hard to explain.
You'll hear music of such stunning purity and sen-
sual richness, that you'll wonder how any turntable
could make that much of a difference.

That's the secret of Onkyo. The unique ability to
take you several steps beyond pure technology ...
to a world of more exciting sound. And we provide it
in all our components ... including all five of our
turntables.

The Onkyo CP-1030F Fully Automatic Turntable
is an outstanding example. Its unique design lets you
take much fuller advantage of today’s most sensitive
high-compliance cartridges ... providing more per-
fect record groove tracking and more perfect damp-
ing of the vibrations that destroy perfect sound quality.

The Onkyo CP-1030F
utilizes a uniquely de-
signed low mass, straight-
line carbon fiber tonearm
and headshell. Its construc-
tion assures purer sound
even with warped records.

Infrared sensors re-
place the usual mechanical
devices that detect the end
of record play ... returning
the tonearm more silently

tothe OFF or REPEAT position. Manual cueing is also
smoother and more precise ... with far less lateral
drift during stylus descent.

A Quartz-locked DC direct-drive motor ... with
an LED illuminated strobe ... assures rotational
speed accuracy. And a separate motor controls au-
tomatic tonearm movement functions.

The entire turntable rests on a highly stable triple-
insulated suspension system to isolate it from room
vibrations and sound vibrations from your speakers.

Styling is superb. Silver-grey with black, low
lustre metal and a crystal dust cover. Feather-touch
control buttons are front-panel mounted, with a full
array of LEDs indicating all function settings.

The CP-1030F is just one of five remarkable
new turntables from Onkyo. All built for more perfect
sound . . . both today and
into the future.

Experience "the
secret of Onkyo” now, at
your Onkyo dealer. Hear
audio components so ad-
vanced, they transcend
mere technology.

Onkyo USA Corporation
42-07 20th Avenue

Long Island City, N.Y. 11105
(212) 728-4639

The Onkyo CP-1030F

A remarkably advanced turntable that makes
every record sound better, even when warped.
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And there is your tape splice. What we did was to bring the
first performance in and add on the second performance to
get:

Line 1 312 Line 100,001 135
Line 2 715 100,002 318
Line 3 020 100,003 721
Line 4 358 100,004 421
Line 5 971 100,005 539
Line 6 210 100,006 781
Line 7 713 100,007 132
Line 8 358 100,008 158

L ] L ]

* L]

L ] L]

Line 100,000 382 Line 200,000 662
Next, by deleting (that is deleting electronically or erasing
that part of the memory, or asking the computer to forget
something) from Lines 7 to 100,006 we obtain:

Line 1 312 Line 7 132
Line 2 715 Line 8 158
Line 3 020 Q
Line 4 358 s
Line 5 971 ®
Line 6 210 Line 100,000 662

The editor resequences the line numbers to obtain a con-
tiguous set of data. Finally, we save the new product into a
file called “Mastertape.”

As you may be aware, special equipment is needed by the
recording companies to carry out the mixing process; this is
indeed the area where the first big steps forward in the intro-
duction of digital audio equipment have occurred. At the
1978 Convention of the Audio Engineering Society, for exam-
ple, many manufacturers introduced editing mastering sys-
tems and other equipment. Sony introduced the PCM-1600, a
16-bit two-channel PCM processor to be used with video
cassette recorders; with the PCM-1600 a studio can record a
stereo master or submaster with 90-dB range and less than
0.05 percent distortion. Wow and flutter are immeasurable,
being functions not of the mechanics of tape transport but of
a quartz sampling rate clock. An all-digital mixer, a digital
reverberator unit, a multi-channel digital recorder, and
precise A/D-D/A converters were also presented. Other
manufacturers (notably 3M) displayed a similar range of
equipment [7]. For a current view of what is available at the
consumer level, consult [1].

Digital techniques can not only be used to produce excel-
lent recordings, but also to allow the revitalization and resto-
ration of old recordings, by a process developed by Thomas
Stockham to filter out some type of noise which plagues such
recordings [8].

Elementary Signal Processing Devices

Digital delay units now widely available are in effect ele-
mentary signal processing devices; we call them simple since
no complex operations (as Fast Fourier transforms, spectrum
evaluation, digital filtering) are performed; a digital noise
suppression device would, on the other hand, be considered
a full-fledged signal processing system. Below, we briefly de-
scribe the operation principle of two well-known delay units:
The Advent 500 and Audio Pulse Model 2 (based on [9]).

The circuitry of the Advent Model 500 SoundSpace control
uses eight random access memories (RAMs) with 4,096 bits
each. Incoming audio signals pass through a variable gain
buffer amplifier and are then filtered into low- and high-pass
segments. The low-frequency signals are sampled every 62.5
uS; this corresponds to 16,000 samples per second or a
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bandwidth of 8 kHz. Each sample is converted into a 10-bit
representation using a floating-point technique that provides
up to 80 dB of dynamic range.

Conversion from analog to digital representation takes
place in two separate steps. The sample is first sized in 10-dB
steps, thereby determining the value of the two floating
point bits. The remainder of the sample is then compared to
a linear ramp, and eight bits of continuous digitization are
derived. The combined 10-bit representation is stored in a
random access memory and will be recalled when needed by
the 10-MHz, quartz-crystal clock-controlled logic. At the ap-
propriate time, each sample is retrieved from memory and
reconverted into the analog equivalent by an operation
which is the reciprocal of the digitalization system.

Table Il — Vocoder types, based strictly on [5].

Relative
Complexityt Coder
1 ADM: Adaptive delta modulator
1 ADPCM: Adaptive differential PCM
5 SUB-BAND: Sub-band coder (with CCD filters)
5 P-P ADPCM Pitch-Predictive ADPCM
50 APC: Adaptive predictive coder
50 ATC: Adaptive transform coder
50 ®V: Phase vocoder
50 VEV: Voice-excited vocoder
100 LPC: Linear-predictive coefficient
(Vocoder)
100 CV: Channel vocoder
200 ORTHOG: LPC vocoder with orthogonalized
coefficients
500 FORMANT: Formant vocoder
1,000 ARTICULATORY: Vocal-tract synthesizer; synthesis

from printed English text.

T Essentially a relative count of logic gates. These numbers
are very approximate, and depend upon circuit architecture.
By way of comparison, Log PCM falls in the range of 1to 5.

The delay value, selected by altering the “size’ control on
the front panel, determines the primary time delay (in mil-
liseconds) for the longest “early reflection.” This provides an
index for apparent “room size.” A single large memory holds
discrete information from both left and right channels, each
sample having a distinct address. Delayed information is pur-
posely mixed, contoured, and multiply delayed in controlled
proportions. Each output channel contains delayed informa-
tion from its corresponding input plus blended signals from
prior times and spatial origins. In effect, each output channel
becomes a “time series” corresponding to the sound field of
a specific sound space.

The Audio Pulse Model Two time delay unit also includes
audio signals in the digital domain, but rather than using
PCM, it uses Delta Modulation. Instead of generating coded
groups of pulses at regular intervals to represent the ampli-
tude of the audio signals at every moment, Delta Modulation
uses a waveform detector to digitally encode the moment-to-
moment changes in the audio signal waveform. This system
requires a smaller digital memory and lowers the cost of the
circuitry required to do the job.
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Coding of Speech

Extensive progress has been made over the past 5 to 15
years in digital speech coding. As we have indicated, PCM
techniques could be used here (and in fact they are), but
PCM is the Cadillac of the coding schemes. First of all, typical
telephone lines have a frequency response between 300 Hz
and 3 kHz (who knows if it is flat?); hence 64,000 bits per
second (8,000 samples at 8 bits per sample) would be suffi-
cient here. However, since we are dealing with a well-de-
fined acoustical mechanism (namely, the human vocal sys-
tem) we can say that the field is specialized, and many vo-
coder-like (voice synthesis) techniques can be exploited.
Table I!, based directly on [5] lists and ranks the various
schemes; also see Fig. 15.

The highest quality is achieved by log PCM (at 56,000 bits/
S) and ADPCM (at 32,000 bits/S), both telephone quality,
followed by log PCM (at 36,000 bits/S), APC (at 7,200 bits/S),
at the communication or speaker identification level, fol-
jowed by LPC (at 2,400 bits/S) and formant vocoder (at 500
bits/S) which produce synthetic quality speech. Very exten-
sive research is taking place in this area; [5] lists over 100
technical articles and several textbooks.

DIGITAL CODING OF SPEECH
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Fig. 15 — Spectrum of quality

The goal of a vocoder is to preserve the perceptually signif-
icant properties of the waveform with the intention of syn-
thesizing a signal at the receiver that sounds very much like
the original. By analyzing the input waveform, or its short-
term spectra, most vocoders compute parameters that de-
scribe a simplified model of the speech-production mecha-
nism. Basically, vocoder models assume that speech sounds
fall into two distinct classes: Voiced and unvoiced. Voiced
sounds occur when the vocal chords vibrate and are charac-
terized by the pitch or rate of vocal chord vibration as well as
by the resonant structure of the vocal tract formed from the
throat, mouth, and nasal cavities. In unvoiced speech, the
vocal chords do not vibrate. Instead, air turbulence, resulting
from either the passage of air through a narrow constriction
formed by the articulators or the sudden release of air by the
lips or tongue, creates acoustic noise that excites the vocal
tract. As in voiced speech, the articulators create resonance
conditions that concentrate the unvoiced acoustic energy
into particular areas of the frequency-power spectrum. Un-
like the voiced case, where energy occurs as discrete fre-
quency components, spectral energy during unvoiced speech
is continuous with frequency [3].

In general, the analyzer section of a vocoder determines
the resonant structure of the vocal tract, estimates the pitch,
and decides whether the speech segment is voiced or un-
voiced. The synthesizer section uses these speech features to
reconstruct a new time waveform that sounds much like the
input. Various vocoders differ in their methods for extracting
speech features as well as in their methods for reconstructing
speech using these features {3].
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The conceptually simplest vocoder is the channel vocoder.
A basic channel vocoder analyzer is shown in Fig. 16. A
sequence of bandpass filters is used to divide the voice signal
into frequency channels. The signal components in each of
the frequency channels are first rectified, usually by a square-
law circuit. Then they are either integrated or low-pass
filtered, or both, to yield a continuous estimate of the speech
power-spectrum amplitude in each channel. Independently
of the spectral analysis, a pitch extractor determines the vocal
pitch and a voicing detector determines whether the input
represents a voiced or unvoiced speech sound [3].

As shown in Fig. 16, the channel vocoder synthesizer re-
constructs the speech signal using estimates of the power
spectrum together with pitch and voicing information. Dur-
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Fig. 16 — Channel vocoder.

ing voiced segments, a pulse generator outputs short puises
at the pitch rate, and these pulses excite a bank of filters
similar to those shown in Fig. 7. Each filter output is then
adjusted in an attempt to make its energy equal to that mea-
sured for the corresponding channel at the analyzer. For un-
voiced sounds, a Gaussian noise source excites the filter bank

(3].

Summary

In this series of articles, we have examined the principles of
digital encoding, a technology which promises to have a ma-
jor impact on high fidelity in the near future. The theory was
developed in the ‘60s for telecommunications applications,
and in the early '70s the first digitally mastered recording was
offered commercially. At the current time a range of digitally
mastered recordings is on the market; 1980 promises to be
the year during which the first fully digital recording and
turntable will be available to consumers. After several years
of activity in the area of standardization, we should see com-
pact, inexpensive, reliable, and compatible digital discs of the
highest fidelity. 4
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The clarity of Class A sound and the high efficiency
of Class A/B power.

JVC engineers, among the most innovative in the world, have achieved a technc-
logical breakthrough. Now the clean, clear, less distorted sound of Class A amplifica-
tion is available with the high efficiency of Class A/B type amplification. That means
no excessive heavy power supplies, and minimal heat build-up.

Traditionally, the Class A/B amplifier has been predominant, simply because it is
three times more efficient than the Class A type. However, the Class A/B amplifier
achieves that efficiency by permitting its power output transistors to switchonand
off, leading to switching and crossover distortion, and producing substantially
reduced high fidelity performance. On the other hand, engineers knew that while
Class Aamps had the advantage of cleaner, less distorted output than ClassA/B, they
produce enormous amounts of heat and require extremely heavy power supplies.

Innovative engineering by JVC solved those problems, by introducing The Super A
Amp. A classic, no compromise amp. THD is as tow as 0.005% and linearity is higher
than with conventional Class A/B power amps. Andat the same time theefficiency of
the Super A amp is equal to that of Class A/B amps, even with high power output.
The transient response, slew rate and rise time are all greatly improved. And there is
no TIM (Transient Intermodulation), or crossover distortion.

A-X9 Integrated Amplifier. i i

100 W RMS/ Chan. thru 8 ohms 20-20 kHz less than0.005%

THD: MC & MM phono sections dual tape & phono inputs.
Speaker outputs. Not shown: A-X> Integrated amplifier

70 RMS/chan. thru 8 ohms 20-20 kHz less than 0.005% &
THD: MC & MM phono sections dual tape & phono inputs
Speaker outputs.

10 i

N

Conventional Class-A/B AMP

The jagged line at center of the graph
irdicates theampis generating switch
Irg and crossover distortion as
output transistors switch on and off.
These are displeasing types of distor.
tion. because they contain many odd
and high-order harmonics

JVC’s Extraordinary Super-A Amp
The center line in the above graph
represents waveformdistortion. which
is at a3 minimum. This indicates that
the amp is generating very little dis-
tortion. containing very few odd-order
harmonics. resulting in smooth re
production and velvety sound

US JVC CORP

For mare information, write: US JVC Corp., 58-75 Queens Midtown Expressway, Maspeth, NY 11378.
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Part Il — CONSTRUCTION

BUILD A
DOUBLE BARRELED
AMPLIFIER

W. Marshall Leach, Jr.*

This is an advanced construction project not recommend-
ed for those without experience in building home electronics
projects. Power electronics must be respected, for it is unfor-
giving of even the smallest errors that could lead to the loss
of expensive transistors. To minimize the chances of errors,
test each part before assembly. Measure resistors with an
ohmmeter to double-check the color code — otherwise,
orange could be mistaken for red, blue for grey, etc. Check
capacitors with an impedance bridge or capacitance meter,
otherwise a dipped silver mica capacitor labeled 430 may be
incorrectly thought to be 430 pF when the last digit is the
multiplier and the capacitor is only 43 pF. The label codes
vary with manufacturer, and 430 can be either 43 pF or 430
pF, depending on the code. When electrolytic capacitors are

*Associate Prof.,

Georgia Institute of Technology,
School of Electrical Engineering,
Atlanta, Georgia 30332
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Ilustration: Barbara D'Aprile

installed, their polarity should be double-checked. If incor-
rect, the capacitor will become a short circuit when power is
applied.

Diodes and transistors should also be checked with an
ohmmeter. Diodes should measure a high resistance with
one polarity of the test leads and a low resistance with the
other polarity. Because the resistance of the human body can
affect these readings, the metal probes on the test leads
should not be touched when making the measurements.
Transistors are more complicated to test, for they require six
resistance measurements. A low resistance should be mea-
sured with one polarity of the leads and a high resistance
with the other polarity from base to emitter and from base to
collector. A high resistance should be measured with both
polarities from collector to emitter. Most transistors that have
failed in a circuit will measure a short circuit on this last test.
Neglecting to perform these simple tests at the start of con-
struction can cause a lot of grief when the amplifier is first
powered. - T

The construction details described here are broken into

AUDIO * May 1980
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Sansui is breaking up

a very successful relationship.
The TU-717 has a new mate: The AU-719.

Sansui has just infroduced an exciting new
integrated amplifier, the AU-719. it represents the
vary latest developments in audio and electronics
technology. It is so good, in fact, that it has replaced
its rave-reviewed, best-selling predecessor as the
partner of the TU-717 tuner.

The TU-717's performance has been extrav-
agantly praised by professional critics and knowl-
edgeable consumers alike. With advanced features
like switchable IF bandwidth and specs like 81dB
signal-to-noise ratio and 0.06% THD, it's only naturai.

We expect the tuner's new mate to receive a
tremendous reception and set industry amplifier
standards for a fong time to come. Here's why.

INTRODUCING DD/DC
What particularly distinguishes the new AU-719
amp is Sansui‘s patent-pending DD/DC (Diamond
Differential/DC) circuitry that provides the extremely
high drive current needed to reduce THD by adding
large amounts of negative feedback without comp-
romising slew rate or adding TIM.

Slew rate refers to an amplifier’s ability to
respond to rapidly changing musical signals. The
slew rate of the AU-719 is an astounding 170V/u Sec.

MAGNIFICENT MUSIC

Many modern amplifiers have extremely low
total harmonic distortion specs. And that’s important.
But THD is measured with steady test signals and is
not redlly representative of an amp’s ability to deal

Ppower/Protecto’

Enter No. 33 on Reader Service Card

with music. Sansui alone, with it's DD/DC technology,
is able to provide both low THD and lowest TIM
simultaneously. Instead of the harsh metallic sound
you sometimes get on a conventional amp when the
musical signals are complex, with the AU-719 you
hear only magnificent music.

THD is less than 0.015% at full rated power of
90w/channel, min. RMS, both channels into 8 ohms
from 10 - 20,000 Hz. Overall frequency response
is awesome: DC - 400,000 Hz, +0, —3dB. Hum and
noise are a super-silent —100dB on aux and —88dB on
phono. The phono equalizer, which adheres to the
standard RIAA curve within +0.2dB from 20 - 20,000
Hz, also uses our unique DD/DC circuit for record
reproduction that’s second-to-none.

CONTROL YOURSELF
The unit is equipped with a full complement
of versatile controls and connections to create the
system and sound that’s right for you, including two
phono and two tape inputs, defeatable tone controls
with switchable center frequencies, deck-to-deck tape
dubbing and a very convenient 20 dB muting switch.

Audition the new AU-719 and matching TU-717
at your authorized Sansui dealer. We think it will be the
start of a very successful relationship.

SANSUI ELECTRONICS CORP.

tyndhurst, New Jersey 07071 - Gardena, Ca. 90247

Sansui Electric Co., Ltd., Tokyo. Japan

Sansui Audio Europe S.A., Antwerp, Belgium

In Canada: Electronic Distributors S ]
ansut

Sansui

ted Amplifier
|megf/:U_7 19




Fig. 12A.—Recommended circuit-board foil pattern
for the copper foil or circuit side.

two parts. In this section, the circuit board and heat sink
assembly are discussed. In the following section, the chassis
wiring details are presented. Before construction is begun, all
parts should be assembled so that the layouts can be modi-
fied to accommodate any parts having different dimensions
from those used by the author. The recommended printed
circuit board is a double-clad board, one side of which is
used as a ground plane for the circuit. Ground plane con-
struction is standard practice in r.f. circuits, and it is highly
recommended for this amplifier. The front and back circuit-
board foil patterns are shown in Fig. 12; parts locations are
shown in Fig. 13.

Circuit-Board and Heat-Sink Assembly

For optimum results, match the differential amplifier
transistors for equal current gains at a collector-to-emitter
voltage of 40 V. This will ensure freedom from d.c. offset
problems at the loudspeaker output terminal caused by un-
equal base currents in the input-stage transistors. A simple
test circuit can be constructed to match these transistors, as
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shown in Fig. 14. Optimally, Q1 through Q4 should have
equal or nearly equal current gains. Should it be difficult to
find a match for all four transistors, it is sufficient to match
Q1to Q3 and Q2 to Q4. A third combination is to match Q1
to Q2 and Q3 to Q4, but this is less desirable.

The first step is to solder six of the seven ground connec-
tions on the board; ground connections are marked with a G
in Fig. 12A. The one which is not soldered at this point is the
one nearest the loudspeaker output connection. To solder
these connections, insert a Y-inch length of No. 22 solid wire
through each hole and bend it down against the copper on
each side of the board. On the ground plane side, it is best to
bend these wires away from any adjacent component loca-
tions, especially those near capacitors C27 and C28. The con-
nections can now be soldered. Sufficient heat must be used
on the ground plane side to get a good solder joint — a good
joint is one for which the solder has flowed smoothly onto
the circuit board, and it appears shiny. Only a controlled heat
soldering iron such as the Weller Soldering Station should be
used to solder to the circuit boards. A 700-degree soldering
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Fig. 12B.—Recommended circuit-board foil pattern
for the ground-plane or component side.

tip is recommended, and the Weller PTM7 tip is an excellent
choice. Only a high-quality solder such as Ersin SN62 multi-
core No. 22 solder should be used. If difficulty is experienced
in making the solder flow, use a pencil eraser to clean the
area to be soldered and dip the tip of the solder into zinc
chloride soldering paste before applying heat.

The next step is to mount and solder all Y4-watt resistors,
with the exception of R1, R58 and R59, to the board. All of
these should be bent on a resistor bender for a 0.4-inch hole
spacing, except for resistors R4, R39 and R40. These should be
bent to 0.5 inch for R4 and 1.4 inch for R39 and R40. A 0.5-
inch length of insulation should be inserted over each lead of
the latter two resistors before bending them. When inserting
the resistors into the board, extra care should be taken to
prevent peeling off a metal burr from the solder-plated resis-
tor leads which could short to the ground plane. If this hap-
pens, the burr should be removed with a small blade screw-
driver. Also, do not press the resistors down too hard against
the ground plane, for their insulated coating could be broken
and a short circuit could result.

AUDIO * May 1980

With the exception of D3 through D6, the diodes should
be installed next. They should be bent for a hole spacing of
0.4 inch and their proper direction is indicated by an arrow in
Fig. 12B. The diodes should be installed such that the arrow
points toward the banded end or cathode. All other resistors
and capacitors should now be inserted. Each one-watt resis-
tor should be bent for a 0.7-inch hole spacing. Pay particular
attention to the polarity of the electrolytic capacitors. The
negative terminals for these should be inserted into the holes
labeled with a minus sign in Fig. 12B.

Next install all transistors which mount on the circuit
board. The location of these transistors is labeled in Fig. 12A
with the transistor number. Transistors Q1 through Q8 and
Q13 through Q15 should be installed with their flat ends
oriented as shown in Fig. 13. It is not necessary to bend the
leads of these nine transistors to conform to the circuit-board
hole spacings; simply spring the leads apart slightly and insert
them until the transistors are about 5/16 inch off the board.
All TO-5 case, i.e. metal can, transistors that mount on the
board should be installed so that they are about this same
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height above the board. All require clip-on heat sinks which
should be installed on the transistors before they are sold-
ered to the circuit boards to prevent bending the transistor
leads. It is not necessary to use any heat sink compound on
these transistors.

The driver heat sinks can now be mounted to the circuit
board as shown in Fig. 15. They are fabricated from 3/32-inch
sheet aluminum, and the recommended dimensions are 5% x
2% inches. Mount them on the side of the circuit board op-
posite the ground plane with No. 4-40 x 3% inch screws with
an inside star lockwasher under each nut. Insulate the driver
heat sinks from the circuit board ground plane by installing a
No. 4 fiber shoulder ‘washer in each of the four mounting
holes on the circuit board. The driver transistors can now be
installed as shown in Fig. 15. A mica insulating wafer should
be placed between each transistor and the heat sinks, and
both sides of the mica wafers should be lightly coated with
thermal compound. Use only molded plastic transistor sock-
ets to install the drivers, and before connecting them to the
circuit board, check with an ohmmeter for a possible collec-
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tor short circuit to the heat sink or a short from a heat sink to
the circuit board ground plane. If there are none, the driver
leads can be connected and soldered as shown in Fig. 15; the
connection codes are provided in Table 1.

The final step in the circuit-board assembly is to solder the
input coaxial cable, resistor R58, and the power supply,
loudspeaker output, and power-supply ground leads to the
board. With the exception of R58, these are all inserted from
the side opposite the component side. Connect and solder
appropriate lengths of color-coded No. 16 stranded wire to
the plus and minus power-supply connections and to the
loudspeaker output connection. To the ground connection
nearest the loudspeaker output, insert one lead of resistor
R58 over which 0.5-inch of insulation has been installed and
one end of a length of No. 22 stranded wire. Solder these on
both sides of the circuit board. Finally, connect and solder an
appropriate length of miniature coaxial cable to the signal
input and signal ground connections on the circuit board.
This completes the circuit-board assembly.

Preparation of the main heat sinks is the next step. If they
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are not predrilled, each must be drilled for four TO-3 transis-
tors. To mark the holes, arrange four mica insulating wafers
in each heat sink channel in the position of the transistors
and use a pencil to mark the position of the four holes on
each wafer. After tapping the marked positions with a sharp
pointed punch, drill all holes with a %-inch bit on a drill
press. Do not use a hand drill. The holes must mate the
transistors properly if short circuits to the heat sinks are to be
avoided. In addition, each hole must be deburred to avoid a
short circuit that could be caused by a punctured mica wafer.
After the output transistor holes are drilled, the heat sinks
can be drilled for the bias regulator diodes. Two of these
diodes mount in holes drilled in the center of each heat sink.
Drill the holes about % inch apart with a diameter that per-
mits the diodes to fit snugly without binding. Finally, the
holes for mounting the circuit boards to the heat sinks and
any holes necessary for mounting the heat sinks to the
chassis must be drilled. The circuit-board mounting holes
should be marked and drilled for No. 4 screws (No. 33 drill
bit) in the heat-sink outer flanges to mate with the holes on
the outer edges of the driver transistor heat sinks. These
should be marked carefully to ensure proper fit of the circuit-
board assembly on the heat sinks. The method of mounting
the heat sinks to the chassis may vary; | used bolts through
the existing U-shaped cut-outs in the outer heat-sink flanges
to attach aluminum brackets designed to hold the heat sinks
%2 inch off the chassis bottom.

The output transistors can now be installed on the heat
sinks. Use only high-quality molded plastic sockets. Because
the heat sinks are so thick, it may be difficult to get a good
connection between the socket pins and the base and em-
itter transistor leads. To solve this problem, | removed the
pins from the transistor sockets and soldered them directly to
the ends of the transistor leads. Care must be taken in posi-
tioning the pins on the transistor leads so that they will prop-
erly mate with the socket when installed on the heat sinks.
Although this increases the difficulty of replacing an output
transistor in the event of a failure, it does ensure good electri-
cal connections for the high-current output transistor leads.
The three wires to be soldered to the output transistor sock-
ets should be color-coded No. 20 stranded wire about eight
inches long. Next, install the transistors and sockets on the
heat sinks. Each transistor should be insulated from the heat
sink with a mica wafer that has been liberally coated on both
sides with thermal compound. Transistors Q20, Q21, Q24,
and Q25 mount on the heat sink that is to be closest to
drivers Q18 and Q30, while Q22, Q23, Q26, and Q27 mount
on the heat sink that will be closest to drivers Q19 and Q31.
Use an ohmmeter to verify that no transistor lead is shorted
to the heat sinks.

The diode bias assemblies are now installed into each heat
sink and should be prepared as shown in Fig. 16. It is best to
first sofder the wire that is used to connect each diode to the
circuit board, and these wires should be color-coded No. 22
stranded wire about eight inches in length. Before soldering,
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Fig. 14 — Test circuits for matching transistors Q1
through Q4. Select transistors for equal or nearly
equal base currents. (A) Test circuit for matching
NPN transistors Q1 and Q2; (B) test circuit for
matching PNP transistors Q3 and Q4.

tie-wrap the joints with a single strand from No. 22 stranded
wire to form a tight mechanical connection. After installation
into the heat sinks, insulate the solder joints with heat-shrink
tubing, preferably shrunk with a heat gun. Take extreme care
to avoid cracking any of the bias diodes during installation
into the heat sinks. If a crack occurs, the diode will become
an open circuit and the amplifier can be seriously damaged.
Thus the diodes should not be forced into their mounting
holes nor should there be tension on their leads. It is not
necessary to use heat-sink compound on the diodes; if nec-
essary, a drop of instant bonding glue on each may be used
to bond them to the heat sinks.

Before attaching the circuit board to the heat sink, it is best
to pretest it with a lab power supply. This can be done with
dual 50-V supplies, preferably with a current-limit circuit. On
the rear of the circuit board, temporarily tack-solder four 100-
ohm 1/4-watt resistors, one from the emitter of Q30 to the
collector of Q18, one from the emitter of Q31 to the collector

Fig. 15 — Photographs of each side of an assembled
circuit board.
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of Q19, one from the emitter of Q18 to the junction of resis-
tors R43 through R46, and one from the emitter of Q19 to this
same junction. Solder a short-circuit jumper wire across C14.
With clip leads, connect the negative output of one power
supply to the circuit-board ground wire and the positive out-
put to the circuit-board positive power-supply input. Con-
nect the positive output of the other power supply to the
circuit-board ground wire and the negative output to the
circuit-board negative power-supply input. With the power
supplies set to current limit at 100 mA, the voltages can be
slowly turned up. if current limiting does not occur or if the
current drawn does not exceed about 50 mA, turn the power
supplies off, use clip leads to connect the output of a signal
generator to the signal-input cable, and connect an oscillo-
scope probe to the loudspeaker output wire. The oscillo-
scope ground should be connected to the circuit-board
ground wire. With a sine wave of 1V rms at | kHz applied to
the input, slowly turn up the power supply voltages. A
clipped sine wave that looks like a square wave should ap-
pear on the oscilloscope before reaching plus and minus 10
V. At 50 V, the sine wave will appear unclipped with an
amplitude of about 60 V peak-to-peak. Turn the power-sup-
ply voltages down and connect a 10-kHz square wave source
to the circuit-board input. With power supplied to the board,
the output signal should look like the waveform of Fig. 8. If it
does not, check the values of R3, R4, C1, C2, and C3.

If the previous tests are negative, the circuit board should
be inspected thoroughly. Check for solder bridges; cold sol-
der joints; shorted components to the ground plane; back-
ward electrolytic capacitors, transistors, and diodes; incorrect
component values; unsoldered ground connections, etc. Cor-
rect all errors at this point — before the output transistors are
connected. If components must be removed from the circuit
board, desolder them with a desoldering braid (such as Sol-
der Wick) and with as little heat as possible to prevent lifting
the copper foil from the circuit board. When the circuit is
operational, remove the jumper wire and four resistors from
the rear of the board. The solder flux must now be removed
from the boards with a soft-bristle brush and a good solvent
(such as Stripper brand) spray-on circuit-board cleaner.
When cleaned, each solder joint will be shiny; dull joints
may be cold solder joints so make sure they are touched up.

Th