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It would be foolish to create
anew line of speakers
and not overcome these obstacles...
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Gold plated connector
cables for the perfecticnist.

Highest degree of electron
transfer and longevity will
never corrode or add
resistance with age.

Spring steel strain reliefs.
Ultra-low capacitance cables.

$8.00 per matched pair,
1 meter length.

From the people who
brought you Discwasher.

At audio specialists worldwide.

discwasher inc.

909 University Ave., Columtia, Mo. 65201
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Before you
your next tu
consider w

you want a new o

|
A

In letters and warranty zards from new Dual

 owners, we find fat some hac owned manual turntables

and caTe to prefar the convenience and safety of aute-
matic sta+ ane stop. Others also wanted to be able

o play recores n uninterrup-ed sequence. And a few

gave reasons trat modesty rckes us hesitate to quote:
| wanded the best! or "Evervone recommends Dual!’
Whatever your reason may be for wanting a new
turntablz, corsider your purchase carefully. Your recorc
collect en srocably represents a bigger investment than
all you- ether components comzined. And your turntab e is
the on y companent that hardles your records.
A thcugh the overal agpearance and feel of a
turntablzs's contrcls can tell you something about its

* quality apreararces can be Jeceptive. For example,

curvec torearms may appecr interesting, but their
unnecessary msss and increassd resonance can only

* detrac-“rcm -he quality of nrusic reproduction. All Dua

tonearms follow 1 straight line “rom pivot to cartridge
holcer f=r mcx mum rigidity and lowest mass.
Same tanearms appry stylus pressure by

“unbolcrcing the -onearm. THis results in tracking which is

adversely affected by record-warp conditions and
turntable evel. 'n every Dud, s7ylus pressure is applied
around th2 verical pivot viaa long coiled spring. This
maintains tonezmm balance -hroughout play, and trac<.ng
is unaffe—ed evan if the turrtcble is tilted substantialty.
' Ctner Bual teatures and refinements include:
cueire damp=c i1 both directions to prevent bounce;
pitch-cont-o ; a~t-skating seacrately calibrated for
all three styius types. And inte-nally: motor rotors
and drive pulleys individually rachined and tested w th
precison nstruments to asswre perfect concentricity.

Al the above contribu-e importantly to
quality pe-tormance.

Now, wh le you shotle rever compromise wi-h

quality covenience is a matter of choice. Which is why

Dual quality comes in a variety of models: semi-automatic,
single-o ay; full ~automatic, sirgle-play; single-play/
multi- ;:Ic:y Seven models in all as described below.

Dual 1225, Fully actamatic, single-play/multi-play. Viscous-dampec
cue-con ro', ditch-rtrol. 10%" plarrer. Less than $140, less base.
Dual 1226, with zast olatter, rotating single-play spindle. Less thar 5170.

Dual 122€ «ith gimdalled tonearm:, synchronous motor, illuminated

strobe, vcricble tracking angle. Less thon $200.

Dual 1242. Fully outamatic, single-p'ay/multi-play. Belt drive.

12" dynarrical y-ba'cnced platter. Less than $280, less base. Full-cize
belt-drive mode s dude: Dual 510 semi-automatic. Less than $202;
Dual €19, fu lv atoTatic. Less than $250. (Dual CS601, with base cnd
cover Less 1w $270.)

Dual Cs701. Fully cutomatic, single-okay. D.C. brushless, electronic
direct d-ive motor juned antiresoranze filters. Less than $400

includ rg base anc zover.

123 So. Cclumbus Ave., M. Vernon, N.Y. 10553 ﬂual

Exclusiwe LLE. Distribution Agency for Duol
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alternative.

aam sensivry

{
&
4
i
3

THARRL A FOWER LVEL

SAE 2400 Professional Dual-Channel Power Amplifier

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

00.05% IM into 4 or 8 Ohms

O(signal to noise) greater than 100dB

Oplug-in board modules

Oforced air cooling

Oonly 11" deep

Oweighs less than 42 Ibs.

Osuperb construction using only the
finest materials and component
parts

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

You’d have to look a long time to

find a power amplifier that delivers

this much value.

eestessssssenssesescesssesnnes seeesesesassssransene .o

¢ Scientific Audio Electronics, Inc.
. P.O. Box 60271, Terminal Annex
i Los Angeles, California 90060

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

NAME __
ADDRESS-
CITY STATE_____ZIP

Check No. 28 on Reader Service Card

Joseph Giovanelli

High Fidelity Amplifiers and Musi-
cal Instruments

Q. | have several, old mono tube
basic amplifiers of undistinguished
lineage. As they are of little use for hi-
fi or stereo use, but are still capable of
a fair amount of power (12-25 watts) |
have been wondering if they could be
used for instrument amplifiers, such
as for electric guitar and bass.

| have been variously told that it
would require a preamplifier or that
the input from a guitar would be too
strong, requiring cutting into the cir-
cuit somewhere or adding some com-
plicated additional circuitry. What is
your advice?—Steven Lindblom, Stra-
tham, N. H.

A. Many musicians buy amplifiers
which can produce 100 watts of power
and up for use with their instruments
and your amplifiers are not close to
that figure. However, there are any
number of small amplifiers designed
for musical instruments which do not
have any more power than those
which you wish to use, so from this
standpoint you should be fine.

With the volume of a guitar or elec-
tric bass turned up fully, | would esti-
mate that we would get a approxi-
mately 0.1 volt of output signal. The
actual output will vary over a wide
range, depending on the physical ef-
fort the performer uses to play the in-
strument. While this 0.1 volt is more
volume than is produced by most mi-
crophones, it is not as much volume
as is produced by a tube tuner of the
sort probably used when your ampli-
fiers were popular. Thus, the musical
instrument might not drive the ampli-
fier to full output. The input sensitivity
of your amplifier is, therefore, too
low.

It all resolves itself to what input
voltage, with the amplifier’s volume
control turned up fully, will produce
full output power? If this output is
around 0.1 volt, your amplifier may be
suitable just as it is. However, if you
play the instrument very softly, then
perhaps you won’t have enough sig-
nal to drive the amplifier to the vol-
ume level you might like.

In any event, you will not need any
sort of circuit which would provide
gain reduction, requiring you to cut
into the amplifier circuit at some later
stage.

What you probably need is some
sort of voltage amplifier which will
make up any difference between
what your amplifier can do and what
it has to do in order to be driven to
full output. Such devices are available
as ““power boosters,” sold by dealers
who sell musical instruments and am-
plifiers. These devices are small, bat-
tery-powered boxes, generally em-
ploying one or two transistors. They
are much smaller than “fuzz’”’ or vi-
brato generators, envelope modifiers,
octave boxes, and the like.

If these amplifiers do not have their
own tone controls, these circuits must
be added. The makers of the power
boosters also make simple units de-
signed to boost either the bass or
treble ends of the spectrum but not
both at the same time. These in-
expensive elements can be useful to
you. Both booster amplifiers and tone
controls are sometimes available for
as little as $10.00 each.

High-fidelity amplifiers do not have
vibrato or reverb built into them as is
the case with many guitar amplifiers.
Therefore, you might need to add
these devices externally, and units are
available for this application.

You may find that these amplifiers
do not sound just as they should
when driven into distortion but this
aspect of music is often useful to per-
formers to create an effect. The char-
acter of this distortion is different in
tube amplifiers from that in solid-state
amplifiers. This is the reason that
some performers still use tube ampli-
fiers rather than solid-state units.
From this standpoint you may be well
served by the tube amplifiers you
have. 4

if you have a problem or question on audio, write
to Mr. Joseph Giovanelli, at AUDIO, 401 North
Broad Street, Philadelphia, Pa. 19108. All letters are
answered. Please enclose a stamped, self-
addressed envelope.
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Look how simple Sansui’s new
LM speaker design*really is.

Complicated speaker cesigns very ctten
compound the age old problems of sound
reproduction. The end result of complexity is citen far
— from the ided of clean. crisp sound that a
speaker should delive~. Sansui ergineers
therefore sought simol city in their new
design — the already famous LM series:
speakers tha can reproduce scund

naturally and fai-hiully and wim much
greater dynamic range thar .ou
) would e=pect in speaker syst2ms of
such sizex

The LM series feature a new

linear m>tion twaeter design on

Muiti-
ol radiational
- tweeter

which there is a patent pending. This design
overcomes the proke ems of transient and other types
of distortion causec by enclosure or encapsulating
the rear emanation =f sound in an air tight cavity by
directing this rear sa.nd energy through three
exponential horns thersby recovering and adding the
energy to the sound that emerges at the front,
Improved transient =sponse, less distortion and a
greater sense of stered perspective are the highly
desirable products of this outstandingly creative and
innovative Sansui des gn. With only one crossover,
these two way speckers are highly efficient. The
musical image is extremely stable with an
outstanding sense cf presence — almost as if you
were at the origina source of sound.

Hear the mcdestly priced LM series — the LM
10, the LM 220 anc the LM 330 — at your Sansui
‘ranchised dealer today. Listen. They speak for
hemselves.

Check No. 29 on Reader Service Card




Cardan Sextett

“Extra wide response...
low distortion...
reminiscent of the very
best electrostatics!”

Now you can take a giant step
closer to reality by recreating the
depth and dimension of the original
performance with remarkable fidel-
ity . . . before the sound enters your
ear. Even the best phones around
today put left channel sound through
the left earpiece . . . right channel
sound through the right earpiece.
Good sound, yes . . . but certainly
not the sound you'd expect from an
expensive, top-line speaker system.

Now listen to the AKG K-240 Sex-
tett. Hear the difference. Six pas-
sive (slave) diaphragms surround
a main driving transducer to repro-
duce in depth the 4 ’
sound of a live -
performance with =
a spacial quality
that you've never
heard from head-
phones.

Len Feldman (Feldman Report,
Tape Deck Quarterly) writes *'. . . the
AKG headphones tend to minimize
exaggerated and unnatural stereo
effects . . . a listening quality remi-
niscent of what we hear (with) the
very best electrostatic headphones
around. Considering cost, that's
quite an accomplishment.”

And they're light on your head, too.
Ultra-soft pads assure virtually no
wearer fatigue. Earcups are fitted
to the AKG auto-adjust headband.
For modest budgets listen to the
AKG K-140.

At selected dealers everywhere.

HEADPHONES
PHONO CARTRIDGES
MICROPHONES

AKG ACOUSTICS

PHILIPS AUDIO VIDEO SYSTEMS CORP.

Audio Division, 91 McKee Drive
Mahwah, New Jersey 07430 (201) 529-5900

Check No. 2 on Reader Service Card

Herman Burstein

Reverse Delay

Q. The reverse mechanism of my
Concord Mark IV auto-reverse tape
deck is triggered by sensing the no-
signal period at the end of the tape.
The reversing mechanism has a built-
in time delay of 7-8 seconds to pre-
clude reversal in the middle of a se-
lection. | find this delay to be in-
sufficient and would like to know if
the delay can be increased to 11-12
seconds. Would this be a complex
and/or costly adjustment and perhaps
one that | could perform my-
self?—David Wilson, Newton, Mass.

A. | don’t think the change would
be difficult. Probably it only involves
changing the value of a resistor
and/or capacitor in order to obtain a
greater time constant. When you lo-
cate the time-delay circuit, try experi-
mentally increasing its capacitor by
about 50 per cent.

Background Noise

Q. (1) When my Roberts 770X tape
recorder is on, | can hear broadcast
stations in the background. What can
I do about this? (2) How may | record
from my mono cassette into the Rob-
erts and vice versa? (3) What part of
my Roberts recorder should | connect
to for ground? Should it be grounded
to the a.c. outlet or the amplifier
ground terminal? | already have my
tuner and phono turntable grounded
to the amplifier terminal. (4) | want to
put conversation on the tape at the
same time that | am recording it. How
may this be done? (5) In recording
from FM and discs, what should be
the tone control settings?—Tommy
Allen, Highland Park, Mich.

A. (1) Try a small capacitor (up to
about 50 pF) between the first stage
input and ground. (2) If your cassette
does not have an output jack, take the
output signal from across the play-
back gain control. Take your cassette
machine to your local audio store to
ascertain what connecting cables and
plugs you will require for input and
output. (3) | surmise you have a hum
problem and have found that ground-
ing helps overcome it. Any screw in
the tape recorder chassis would pro-

vide a ground. But one often finds ex-
perimentally that some grounding
points do a better job of reducing
hum than others. Your tape recorder
is already grounded to the amplifier
via the connecting cable. If you are
going to run a separate ground from
the tape machine to the amplifiers,
this might increase hum. If a separate
ground from the tape machine to the
amplifier doesn’t help, then try con-
necting the ground to the a.c. outlet
(earth) ground. (4) If your tape
recorder does not already provide
mixing facilities, you will have to ac-
quire a separate mixer in order to
combine input sources. (5) Adjust the
tone controls according to what your
ears prefer. The settings should ordi-
narily be electrically flat, unless you
are trying to compensate for some
unbalance in the source material.

Cassette Changes

Q. For a long time | have been us-
ing Scotch C-90 and C-120 cassettes
with very good results, but | have had
difficulty with them. Upon playback |
have found the recording to be fuzzy.
Going back to my older cassettes, |
obtained the usual good results, con-
firming that my recorder is not at
fault. Thinking that the new C-90s and
C-120s might be part of a bad run, |
purchased more of these, but the
recordings turned out just as bad-
ly.—F.S. Kemp, Sterling, Conn.

A. You may be getting new tape
formulations under the old label, per-
haps requiring different bias and
equalization. In an effort to make the
cassette competitive with open reel,
there have been rapid developments
in tape formulation. Fuzziness may be
due to the fact that your machine pro-
vides insufficient bias for the newer
tape. 4

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

AUDIO ¢ AUGUST, 1976
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Power and performance to equal the best,in a new
state-of-the-art tuner and amplifier from KENWOOD

Kt-73C0 Stereo Tuner
{Hardles optional)

@xenwooo TR e KA-7330 Stereo
e \ ' Ampilifier (Handles
\‘; 'k &1 By opticnal) 65 watts

s - per channel min.
RMS, 3 ohms,
20-20k Hz, with no
more than 0.1% total
harmonic distortion.

An AM/FM tuner so sophisticated

FM-stereo reception is brought to new

highs of high fidelity. A stereo amplifier so
advanced, a complete new concept of audio power
unveils the hidden beauty you never knew existed
in stereo reproduction. Together the new

KT-7300 and the KA-7300 continue the

tradition of KENWOOD, bringing

you stereo at its finest.

|
i

Independent power supplies for each
channel eliminate dynamic crosstalk
distortion in the superb KA-7300
Amplifier.

For complete information visit your
nearest KENWOOD Dealer, or write:

@ KENWOOD

15777 S. Broadway, Gardena, CA 80248 72-02 Fifty-first Ave., Woodside, New York 11377 In Canada: Magnasonic Canada, Ltd
Check No. 18 on Reader Service Card
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A-400

The 450 redefined the cassette deck as
a true high fidelity component. That
remarkable transport design generated
a new found measure of respectability
for the cassette format.

Our engineers then
determined that a vertical
transport was best

suited for a front load application. In gravity on the cassette package itself
terms of overall design integrity and is eliminated. So tape jams are
mechanical stability. So rather than prevented and smooth, even tape
adapt one transport design to fit packs are predictable.
another need, we produced a If new design concepts superbly
completely new, highly streamlined executed appeal to you, put an
mechanism. From the inside out. A-400 through its paces. Just call
It’s called the A-400. (800) 447-4700* toll free for the name
Twin rotary levers control the and location of your nearest TEAC
transport functions with smooth, retailer. You’ll find that the A-400
positive cam action. Which means delivers definitive TEAC performance
unnecessary mechanical linkages have  with the added convenience of a front
been eliminated. You get peace of load component. All by design.
mind instead, because fewer moving *In Illinois, call (800) 322-4400.

parts assure greater reliability and
long term dependability.
Since the cassette loads vertically T E-A-C
into the A-400, the adverse effect of The leader. Always has been.

TEAC CORPORATION OF AMERICA 7733 Telegraph Road, Montebello, Calif. 90640
©TEAC 1975
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Edward Tatnall Canby

So the single inventory comes to
America in a big way! Columbia
Records. Last December, you will re-
member, | made a strong pitch for this
strategically useful integration of the
quadraphonic disc into “‘regular”
lines (stereo) as an absolute necessity
if we were to save the whole of the
quadraphonic biz, software, hardware
and all. Last autumn, that British giant,
EMI, one of the largest record makers
and an early SQ licensee, suddenly
dropped its Columbia-style dual re-
lease system—a quadraphonic disc
and another beside it for stereo—and
went over to a single release, thus
building its quadraphonic into the
“regular”’ record line. From thence
onwards EMI discs have appeared as
stereo/quadraphonic, SQ encoded,
or as plain stereo, unencoded, ac-
cording to need and judgment; no

Lo!—now it has happened. The first of
our major record producers to go
over to the single-inventory on its
own. {Capitol/Angel, you understand,
is the American arm of EML.) True,
some canny small labels had already
seen the light and got there first. But
their tails couldn’t wag the big dog.
(His Master’s Voice is an EMI trade
mark.) | mean the American dog. Co-
lumbia is that dog, or a large hunk of
him.

Henceforth, then, there will be only
one Columbia release for each cata-
logue item. As at EMI, it will be ster-
eo/quadraphonic or stereo, to
choice, at one price either way. No
more deluxe extra-cost quadra-
phonics, no more duplicate re-
leases. If there is SQ, and there will
be, it will be totally integrated, right
on the regular record at the standard

B2 T T e

price difference and the ster-
eo/quadraphonic, the only release of
the material, serving as the stereo
record. A daring move, since it ex-
ploited the much vaunted ‘‘com-
patibility”’ to its total conclusion as the
dual system certainly did not.

Silent Indecision

Well, the reaction over here, for all
anybody could say, was nil. A deaf-
ening silence. Our big companies
plodded right along towards their
quadraphonic doom, just as if nothing
had happened. Discouraging. But
these things take time. | seem to have
been onto the right message.

price. Now, everybody will be buying
SQ who buys Columbia records.

Those record stores which have (re-
luctantly) set up special separate
quadraphonic boutiques or whatever,
with whole separate stocks of quad-
raphonic records, now can joyfully
begin to dismantle them—joy is what /
would expect, anyhow. They'll sell
many more quadraphonics without
extra space needs, minus extra effort.
A lot more important, those myriads
of stores which have never bothered
to get into any quadraphonic at all will
now find themselves automatically
selling SQ, perhaps to their own sur-
prise. Amazing grace!

Four-Channel Software

This is the only way to project that
new system into “the” system, the
one point at which we can really inte-
grate the new and the old, right down
the line. Because where the disc goes,
so goes the rest of quadraphonic. The
disc is the first source, the greatest
source, the mass source for software;
it’s also the seed, the sprout of an
idea, the first contact for new audi-
ences, new distribution. Quad-
raphonic equipment can only follow.

And so | find Columbia’s decision
extraordinarily sensible. Because, at
some sacrifice—an unpleasant inter-
nal reorganization, a lot of pride swal-
lowing—the change could end the
past painful history of the quad-
raphonic disc, which has tottered on
now, year after year, neither a failure
nor really a success in the face of com-
peting setero, always on the verge of
extinction as unprofitable, equally on
the edge of a real expansion and pres-
tige. The thing just has to go one way
or the other. And as the disc goes,
again, so goes quadraphonic, the
works., Major companies the world
over have adopted quadraphonic on
disc. Other major companies have ig-
nored its existence, at least in public.
A waiting game. Now maybe we'li see.
Columbia’s move is surely the begin-
ning of the end and it could be a posi-
tive ending.

Let me say again that via the single
release quadraphonic is taking the
traditional road to a place in record
history, as have all previous radical in-
novations that have been absorbed
into the mainstream. We have always
returned, after new changes, to the
single form of record though for
awhile there may have been several
parallel and (maybe) compatible ver-
sions,

Only a genuine difference in con-
tent has ever allowed an alternative
release form to survive for long. That
includes, of course, such diversities as
the 45 record and the numerous LP
repackagings now available. Note that
the 45 disc is still with us, but the 45 al-
bum, directly paralleling the LP,
quickly died. History says emphat-
ically that on disc we will not accept
two forms of the same content for

AUDIO e AUGUST, 1976



MAGAZINE A MAGAZINE B

S/N Output S/NindB THD

Ratio @ (re: 3% at O dB
Manufacturer | Brand Weighted indB | 3% THD THD) (%)
TDK SA 66.5 +4.2 66.0 0.9
AMPEX 20:20+ 56.4 +1.9 — —
FUJI FX 60.0 +2.3 —
MAXELL uD — - 58.5 1.1
MAXELL UDXL 62.5 +2.7 = —
NAKAMICH! EX 60.0 +2.3 55.0 1.1
SCOTCH CHROME — - 64.0 1.3
SCOTCH CLASSIC 62.5 +2.0 — —
SONY FERRICHROME 64.0 +2.1 64.0 1.8 1

Decks used for tests: Magazine A-Pioneer CT-F3191 (cross-checked on DUAL 901, TEAC 450); Magazine B-NAKAMICHI 1000.

"Two leading hi-fi magazines working independently tested a wide
variety of cassettes. In both tests, TDK SA clearly outperformed the other
premium priced cassettes.

'The statistics speak for themselves. TDK SA provides a greater S/N
ratio (66.5 dB weighted and 66.0 dB @ 3% THD) , greater output sensitivity
(t4.2dB @ 3% THD), and less distortion (THD 0.9%) than these tapes.

When you convert these statistics into sound, TDK SA allows you to
play back more of the original signal with less distortion and noise.

Put these facts and figures together and TDK SA adds up to the State
of the Art because it provides greater dynamic range. This means cleaner,
clearer, crisper recordings, plain and simple.
Sound for sound, there isn’t a cassette that can
match its vital statistics.

Statistics may be the gospel of the audio-
phile, but the ultimate judge is your own ear.
Record a piece of music with the tape you’re
using now. Then record that same music at
the same levels using TDK SA. You’ll hear why
TDK SA defies anyone to match its sound. J I e —

Or its vital statistics.

TDXK Electronics Corp., 755 Eastgate TDK
Boulevard, Garden City, New York 11530. ®

Also available in Canada. Wait till you hear
what you’ve been missing.

Check No. 33 on Reader Service Card
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Stravinsky
made us
doit.

Stravinsky . . . and every
composer who has ever written
music with the range, power and
majesty of "Rites of Spring” . . .
music that demands far more
than any stereo can deliver
without adequate amplifier power.

The Phase Linear 700B Power
Amplifier faithfully reproduces the
most difficult passages of the
most demanding recorded music.
It lets a/l of the music through at
realistic volume levels. You never
have to reach for your volume or
tone controls to prevent clipping.

The 700B has the highest
power, widest frequency
response and lowest distortion of
any stereo amplifier in the world.
Take Stravinsky to your dealer
and listen to what we mean.

700-P

THE POWERFUL DIFFERENCE

PHASE LINEAR CORPORATION,
P. O. BOX 1335,
LYNNWOOD, WASHINGTON 98036

Check No. 22 on Reader Service Card

more than a trial period. True, quad-
raphonic is a somewhat special case,
for it will not supplant stereo but,
rather, supplement’it and live beside
it. All the more reason, you see, for a
single type of record to meet both
needs! And with the price difference
removed, and that fluid inter-com-
patibility, the disc playable either way,
quadraphonic will be carried right
along, wherever the disc may go. You
don’t have to play four ways. But you
always can. You might want to try ...
one of these days. Nice set-up, yes?

Tape & Radio

Ummm-umm. So you have reserva-
tions. Let me try to answer them. Is
the disc that important? Does quad-
raphonic really depend on it? There’s
always tape. And radio. Could not
quadraphonic survive well enough
with their aid?

As for tape, in theory it is the ideal
medium since it accommodates four
totally discrete channels with no
trouble at all. But as we know, there
are peripheral problems which tend
to become central. Tape hasn't yet put
any form of disc out of circulation. In
a sense, it has simply expanded the
disc market, into new places, new
outlets, using basically the same origi-
nal material. It has not anywhere re-
placed the disc, if by that you mean
that there is no disc version. Not be-
yond the peanuts stage, anyhow.

Reel-to-reel tape, even four-way, is
obsolescent, rightly or wrongly, a very
thin reed on which to base expensive
equipment. The easier, cheaper plug-
in tapes run into cost problems, still,
and their clumsiness in manufacture is
no match for the easily multiplied and
distributed disc (which still maintains
its averaged-out quality edge). They
run into procedural difficulties, on
the one hand, and technical limita-
tions, on the other. Yes, we might
maintain a very modest all-tape quad-
raphonic market, but would that be
enough? Not really. Maybe for autos
via Q-8. Not the home.

As for radio, curiously, it also is basi-
cally an adjunct to the disc as far as lis-
tening to recorded material is con-
cerned. We get our disc sound in two
ways, either on our own home players
or over the air via radio’s turntables
(or via taped equivalents—the ar-
gument isn’t changed). Radio is a use-
ful alternative for consumer listen-
ing—to whatever is available in re-
corded form.

But what is available? | can only say
that if there were no quadraphonic
discs, there would be precious few
quadraphonic broadcasts—via any

system. Minus disc, | do not think
quadraphonic on the air can be sus-
tained, any more than via tape, not to
mention the necessary home equip-
ment. Everything is tied, eventually,
into the disc. For now. Maybe later
something different. Not yet.

FCC Delays

Also, as of now, we have only the
two matrix types of broadcast quad-
raphonic, QS and SQ, fighting it out as
usual but actually reasonably inter-
compatible in the listening, on the air
or at home. Other broadcast systems
hang. The F.C.C. deliberates. Which
system? No CD-4 until the F.C.C. fin-
ishes its deliberations and even then it
might come out with some other way.
An even thinner reed, this one, for
any industry to lean upon, through
nobody’s fault in particular.

So, back to the disc. With its solid
support, tape goes along very well
and so does radio. Quadraphonic
broadcasts of the allowed types are, as
the produce market puts it, in consid-
erable supply. Live pickups are a
heady supplement to recorded mate-
rial. Things are going well in radio. But
the disc remains the economic pillar
that holds it all together. And there is
that ever-more-important quad-
raphonic enhancement of stereo
sound, which may be had just as easily
via broadcast as via home playing.

For a long time I've been saying that
the biggest innovation in the quad-
raphonic area in terms of musical sig-
nificance is this variable enhancement
of millions of existing stereo record-
ings into a four-way sound that is of-
ten startlingly superior to the stereo
effect out of two speakers. ““Now
more than ever!” as the ads say. Im-
proved and sophisticated logic de-
coders, new special enhancement cir-
cuits designed to give a maximum
four-way impact to the partially ran-
dom separations inherent in the ster-
eo disc. This thing has taken on a big
importance as a part of the quad-
raphonic scene—but, oddly, minus
the quadraphonic disc itself. A bigim-
portance but not a total one. Even the
real four-way improvement of the
stereo disc is not enough by itself to
sustain an equipment market, simply
because via any of the systems the
true quadraphonic disc gives a more
precise and less random control over
four playback channels. And thus, po-
tentially, its effect is always better than
uncontrolled randomness, however
inspiring. It’s as easy as that. We need
the quadraphonic disc. Same old mes-
sage. And we also need stereo on disc.
NOT separately. One line of discs, for
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Acoustic Research AR-11

The world’s best speaker?

An outstanding new AR speaker
gives the state of the art a shot in the arm

AR speakers have always been consid-
ered the standard of the high fidelity
industry in just about any price category
the company cared to field an entry.
From the original top-of-the-line AK-1
to the incredible AR-7, which set new
standards for loudspeakers of diminu-
tive size, it has been AR speakers
against which all others were judged by
reviewers, by competing manufactur-
ers, and by the public. Now, after seven

years, a new standard has been intro-
duced at the top of the AR line, and the
State of the Art is advanced another
notch.

The AR-11 is the most accurate speaker
system ever made by Acoustic
Research—which means thatitis a very
likely candidate for the most accurate
loudspeaker ever. Its main advance
over earlier AR speakers is its ability to
produce ‘flat energy response’ in vir-
tually any listening room. This means
simply that music played over a pair of
AR-11s is clear, transparent, and
razor-sharp, not only in one listening
location, but practically anywhere in
the room. Whatever is contained on the
record, radio broadcast, or tape is
accurately transmitted to essentially all
listeners.

And of course AR is still the master of
the acoustic suspension woofer princi-
ple, which we introduced to the public
way back in 1954. For lifelike, bone-
rattling bass when it should be there,
and no interfering coloration when it
shouldn’t be, AR speakers are still the
ones to beat ... and the AR-11 is the
best of the lot.

Woofer harm
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Accuracy is what high fidelity is all
about. Loudspeakers in particular, of all
hi fi components, find this ideal goal
especially elusive. But the AR-11 does
bring it one step closer, and for that
reason its introduction is one of the
most significant events in recent audio
history. It has to be heard.

Additional information can be obtained
directly from Acoustic Research:

Acoustic Research
10 American Drive
Norwood, Massachusetts 02062

AD
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Innotech: Radical design,
exceptional performance

Unlike conventional models, our
Transmission Line and Bass Reflex
speakers permit accurate reproduction
of the "transient” information in all mu-
sic. This, combined with wide & linear
freguency response, plus low distortion,
gives Innotech speakers an uncanny ac-
curacy in reproducing music and other
sonic inputs; all pitch and tone nuances
are accurately portrayed.

Adynamic piston-type cone woofer/
midrange driver is uniquely combined
with dome-type tweeters in a phase-
coherent array. The woofer has a 5 inch
plastic cone capable of long movement
without breakup. The motor size of this
woofer is extremely large for a cone of
such low mass and size. Thus, the
woofer reproduces all frequencies in its
range with accurate transient definition.

The dome tweeters and super-
tweeters also combine low diaphragm
mass with large motor size to yield ac-
curate frequency and transient informa-
tion. Drivers are front-mounted and po-
sitioned as closely as possibie. By utiliz-
ing a unique crossover design with
these clustered drivers, Innotech speak-
ers generate an integrated, phase-
coherent, sonic wave front with a wide
dispersion pattern.

Innotech speakers are an advance-
ment from the current state-of-the-art;
a step closer to being “at the per-
formance’' Write for detalls.

iNNOLECH

42 Tiffany Piace, Brookiyn, New York 11231
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all purposes. Otherwise—no quad-
raphonic at all.

Stereo/Quadraphonic Sound

Now about the degree of sacrifice
implied by this joint stereo/quad-
raphonic record as now promoted.
We will soon have concrete ma-
terial for test. We will hear for our-
selves via Columbia’s new output. Not
A-B! There won't be any A-B com-
parison since there will be but the one
release. So we must, and should,
judge simply by over-all results. Do
we notice any degradation in the
quadraphonic product? (And, maybe,
is the stereo aspect in any noticeable
way compromised, as we listen?)

| strongly doubt it. With so many
other variables, the wildly different
forms of music, mike techniques, hall
acoustics, performances, the vast lati-
tude in editorial mixdown from multi-
track originals, 99 per cent of us will
find that the hypothetical com-
promises in the stereo/quadraphonic
discs, played either way, are lost in the
general shuffle. We will be happy
with what we get, in either mode, four
or two, or we will be unhappy but for
some other and more usual rea-
son—music, acoustics, recording bal-
ance and so on.

Yes, there are compromises that
must be made, variably, as the special
Columbia SQ team that put forth the
separate SQ records must now rueful-
ly be saying. Some of our ears, those
that are honed to hear sound first and
music second (and that is plenty of us)
will perhaps notice differences, aber-
rations from the ideal best stereo, or
best quadraphonic. | am not one of
these people myself; | hear music
first, though | can detect the hi and
the fi when I have a mind to. Some
damage done, admittedly. But in the
over-all the stereo/quadraphonic
record, via any of the existing systems,
is not a major compromise in the artis-
tic sense. We can live with it. We can
make it grow, too.

After all, ! must say once more,
there are still choices, there is empha-
sis. We may well shift over, as we go
on, from stereo towards quad-
raphonic until we end up exactly
where we have been before—a quad-
raphonic disc that will also play ster-
eo. And we must understand that the
techniques of the joint operation are
in flux and will quite inevitably im-
prove—for more of both, better ster-
eo and better quadraphonic. (Re-
member when we made stereo and
mono discs separately, with quite dif-
ferent techniques? We merged them,
out of necessity, into the stereo/

mono all-purpose disc. We haven’t
really suffered.)

Whether we can tolerate com-
promises or not is beside the point.
The point is SURVIVAL. With the
single-inventory combined disc, even
with variants for all three present op-
erating systems, all of which do have
the potential for stereo compatibility
(as they so often tell us), we will estab-
lish a much broader and bigger base
for the rest of the quadraphonic in-
dustry. So that, now, we can at last be-
gin to expand away from the esoteric,
the complicated, the prohibitively ex-
pensive, into much wider areas and
on down into that no-man’s land, that
every-man’s-land, the ""trade” biz.

What a dismal scene, there, from
the quadraphonic viewpoint! Stereos
galore, hundreds of them, thousands,
mostly looking just like their grand-
daddies in hi-fi componentry and a lot
of them not bad, all things consid-
ered. Every last one of them brings
some sort of stereo sound to a buyer.
And not a quadraphonic anywhere.
Just try any big department store or
radio/TV outlet. Look in Sears Roe-
buck and Montgomery Ward. Noth-
ing.

No—we won't take quadraphonic
quite down to the grisly mass bottom.
But we can now take it a lot further
than before, much further, what with
quadraphonic discs, marked that way
right on the label and the cover, going
out to unheard-of new areas all over
the place, and just asking to be
played. “You saw it on TV”—the per-
ennial come-on. Well, now you saw it
on the record you bought. Didn't
you? Maybe I'm crass, but | know this
works, and I won't forget that the low-
ly cheapie supports the high-bred hi
fi. More than ever.

Prognostications

Ah yes, those comparisons | was go-
ing to make between the quad-
raphonic disc systems, back in May.
Deliberately, 1 didn’t. Because at that
time every feeler inside me said look
out—something is going to happen
and it'll change everything. And so it
has. Now, you see, we re-evaluate all
the systems in the light of the single-
repertory spreading-out of quad-
raphonic software. But it’s early. At
least for me, writing here. Remember,
I'm back in the day before yesterday.
What about RCA—has it jumped?
Maybe you know but [ don’t. Is Lon-
don standing put, or staying pat?
What about the big import labels —
will they join up? We shall see—that
is, | shall see. You probably know
already.
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Uncompromised stereo/quadriphony
-Undeniably Shure.

. The new Shure M24H Cartridge offers audiophiles the best of both worlds:
| Itis the only cartridge on the market that does not compromise stereo repro-
. duction to add discrete quadriphonic capability. It eliminates the need to
- change cartridges every time you change record formats! This remarkable
~ performance is achieved at only 1 to 12 grams tracking force—comparable
_ to that of some of the most expensive conventional stereo cartridges. Other
. M24H features include the lowest effective stylus mass (0.39 mg) in quad-
. riphony, a hyperbolic stylus tip design, an exclusive “Dynetic® X exotic
. high-energy magnetic assembly, and a rising frequency response in the
| supersonic carrier band frequencies that is optimized for both stereo and
. quadriphonic re-creation. If you are considering adding CD-4 capability, but
_ intend to continue playing your stereo library, this is the ONE cartridge
. for you.
- Shure Brothers Inc

222 Hartrey Ave., Evanston, IL 60204 i.! _H =
In Canada: A. C. Slmmonds & Sons Limited S U E

Manufacturers of hlgh fldellty components, microphones, sound systems and related circuitry.

Check No. 30 on Reader Service Card
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Bert Whyte

As most readers are aware, the Au-
dio Engineering Society holds three
conventions each year...one in Los
Angeles, one in New York, and one in
a European city. Three conventions
per year for an industry is an extraor-
dinary fact in itself, and frankly, there
have been some rumblings that this is
overdoing things a bit. Yet the field of
audio is so dynamic, with research go-
ing on all over the world, and with an
ever expanding input of new technol-
ogy, that these conventions are well
supported. The AES as an organization
is enjoying phenomenal growth. in
this country and abroad, new sections
(chapters) are constantly being
formed, and as a glance at the Journal
of the AES will verify, each month
shows a healthy influx of new mem-
bers.

As | have noted before, the ex-
citement quotient of AES conventions
varies. . .they are never less than inter-
esting, but now and then one comes
along that is fairly bursting with new
ideas and technology, innovative and
even revolutionary professional audio
equipment. The 54th AES convention,
held May 4th through 7th at the Los
Angeles Hilton, generated just that
sort of pizazz.

Technical Treatises

As always, there are interesting pa-
pers presented at the technical ses-
sions. | should point out that reprints
of these papers are available from the
AES in New York at a modest cost. For
a list of papers, write to the AES at 60
East 42nd St., New York, N.Y. 10017. At
the risk of slighting many fine papers,
| found particularly intriguing -1131,
“A Time Align Technique for Loud-
speaker System Design,” by Ed Long,
and :1115, our own Dick Heyser’s
mind-blowing dissertation on what he
calls “Holomorph Recording.” Don't
ask me to explain. . .can’t be done in a
few words. . .but it is a far-out con-
cept and well worth reading about. In
keeping with the trend at recent AES
conventions, seminars on pertinent
audio subjects were presented. At the
54th, it was David Klepper and Stan

Miller on Sound Reinforcement, and
Big John Woram of the Institute of
Audio Research on Echo and Rever-
beration, and Compressors and Ex-
panders.

As usual, the exhibit areas of the
Hilton were crammed with the new,
novel, and nifty versions of every con-
ceivable kind of professional audio
equipment. There was the usual ple-
thora of portable mixers, consoles ev-
erywhere, with computerized mix-
down facilities more and more in evi-
dence. Rupert Neve made a big splash
in this respect with a system in which
the control pots are physically posi-
tioned from information in the stored
program. Automated Processes was
showing its Model 1024 programmer
which uses a digital data cartridge to

store programming information and
has over 1000 control channels. Good
Heavens! To think | used to record
Woody Herman and Stan Kenton with
two (count ‘em) microphones directly
into the recorder!

The big multi-track studio record-
ers, with up to 24 channels, appeared
with new models from Ampex, MCI,
Scully, Studer, and Stephens. The Am-
pex MM1200 accepts up to 14-in.
reels, as do some of these other ma-
chines, and this size appears to be a
growing trend. There were new mi-
crophones from Shure, Sennheiser,
and AKG, and Electro-Voice in-
troduced a wireless microphone sys-
tem. New multi-purpose test instru-
ments were shown by Sound Technol-
ogy, Amber Electro Design, and Tek-
tronix. | am happy to say that UREI is
now into production of its Model
200/2000 automatic frequency re-
sponse plotter, and | should have one
by the time you read this. Needless to
say, there were scads of other inter-
esting new equipment, but | must get
on to the items which made this 54th
AES convention so memorable.

“Idealized” Recorder

Ampex held a press conference just
before the convention opened and
bowled us over with the totally unex-
pected introduction of a fabulous
new tape recorder, the ATR-100. In
my opinion, and the opinion of many
of the audio press fraternity, the ATR-
100 was that overworked but apt term
“the hit of the show.” The ATR-100 is
not one of the massive multi-track
recorders using 2-in. tape. It is avail-
able from mono full-track and two-
track stereo on quarter-inch tape on
up to four channels on half-inch tape.
Quite simply, the ATR-100 represents
the distillation of years of input from
engineers in the field, as to what they
would like to see in an “idealized”
tape recorder. Given virtually free
rein, Ampex engineers spent better
than three years on the design of the
ATR-100. Here are some of the details
of this new recorder. . .For a start, the
ATR-100 has no pinch roller! Both reel
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Maxell tapes are
not cheap.

In fact, a single reel
of our most expensive
tape costs more than
many inexpensive tfape
recorders.

Ourtapeisexpensive
because it's designed
specifically o get the
most out of good high
fidelity components.
And unfortunately,
there’s not much to get
out of most inexpensive
tape recorders,

Soitmakes no sense
to invest in Maxell unless
you have equipment
that can put it to good
use.

And since even a
little speck of clust can
put a dropout in tape,
no one gets into our
manufacturing area
until he's been washed,
dressed in a special
dust-free uniform and
vacuumed.

(Yes, vacuumed.)

Unlike most tape-
makers, we don't test
our tape every now and
then. We test every inch
of every Maxell tape.

Which is why every
Maxell tape you buy
sounds exactly the
same. From end to end.
Tape to tape. Year to

And Delrin rollers.
Because nothing sticks
to them.

A lot of companies
weld their cassettes
together. We use screws.
Screws are more expen-
sive. But they also make
for a stronger cassette.

Our tape comes with
a better guarantee
than your
tape recorder.

Nothing is guaran-
teed to |last forever.
Nothing we know of,
except our tape.

So our guarantee is
simplicity itself: anytime

year.Wherever you buy it. you ever have a prob-

Ourguarantee even cover
actsof negligence.

Give our tape a fair
hearing.

You can hear just
how good Maxell tape
sounds at your nearby
audio dealer.

(Chances are, it's
what he uses fo dem-
onstrate his best tape

FE=

&5

decks.)

=

No other tape
sounds as good as ours
because no other
tape is made as
carefully as ours.

Forexample, every
batch of magnetic
oxide we use gefts run
through an electron
microscope before we
use it. This reveals the
exact size and propor-
tions of individual par-
ticles of oxide. Because
if they're not perfect, the
tape won't sound
perfect.

Every employee, vacuumed.

No other tape starts off by cleaning off your tape recorder.

We clean off the crud
other tapes leave
behind.

After all the work we
put info our tape, we're
not about fo let it go to
waste on a diny tfape
recorder head. So we
put non-abrasive head
cleaning leaderon all
our cassettes and reel-
to-reel tapes. Which is
something no other
tape company bothers
to do.

Our cassettes are put
together as carefully
as our tape.

Other companies
are willing fo use wax

paper and plastic rollers

in their cassettes. We're
not. We use cartbon-
impregnated material.

lem with any Maxell
cassette, 8-tfrack or reel-
fo-reel tape, you can
send it back and get @
new one.

You may be surprised
to hear how much more
music good equipment
can produce when it's
equipped with good
fape.

[ maxell.35-90 |
Sound Recordng Tape

e HOUPUL Extended Range

‘maiell;sféd

Maxell Corporation of America. 130 West Commercial Ave.. Moonachie, New Jersey 7074
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MODEL 210 Suggested Retail $295>

GRAPHIC EQUALIZER

The Model 210 can be used to "“fine
tune” any sound system for the
ultimate in definition and clarity.
Room, speaker and recorded ma-
terial variations can often “‘gobble
up’ or over-emphasize certain audio
frequencies. Authoritative tight
bass, open highs, brassy horns and
smooth solos are all in their place
with the 210’s individual octave
energy controls . . . all without
adding any audible noise or dis-
tortion. To wit;

¢ Less than 0.01% IM distortion

* Over 100 dB dynamic range

* 600 ohm outputs drive any system
* Free five year service contract
PLUS long throw silicone dampened
controls for better accuracy, gyrator
synthesized inductors for ultra-low
distortion, full switching facilities
for EQ line/tape/bypass and tape
monitor, as well as full range unity
gain level adjustments. The 210R
Rack Mount version is also available.

SPECTRO
ACOUSTICS, INC.

1309 E. Spokane [509] 545-1829
Pasco, Washington 99301

UNITY GANN ACJUSTMENT
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motors and the single drive capstan
are servo controlled and employed in
a closed-loop servo system which
maintains constant tension at each
reel in all operating modes. Through
built-in digital computer logic, the
ATR-100 is programmed to control
the movement of the tape by adjust-
ing the tape tension so that it is equal
on each side of the capstan. It senses
the motion of the capstan, in which
direction it is moving, and recognizes
the size of the heads and width of the
tape, then automatically adjusts the
tension. With constant tape tension,
the machine can handle any reel from
two to 14 inches in diameter. The
ATR-100 operates at 3 %, 7 %, 15 and
30 ips, and any combination of two
speeds can be selected at one time.
The ATR-100 can rewind a 2400-ft. reel
of tape in 60 seconds. While at a blis-
tering 500 inches per second in fast
forward mode, if you depress the play
button, dynamic braking takes over,
the tape slows rapidly, does not stop,
but smoothly locks into the play mode
speed. There is a control panel which
looks like and is about the size of a
pocket calculater. It is replete with
LED indicators for various functions,
along with push-buttons for tape mo-
tion control, and wonder of wonders,
an electronic tape timer with illumi-
nated digital readout in hours, min-
utes, and seconds (or minutes, sec-
onds, and tenths) accurate to within
plus or minus a half second with a
2400-ft. reel. The entire control panel
can be moved to the left of the ma-
chine, so left-handed engineers final-
ly get a break. In a distinct departure
for Ampex, the heads are all ferrite of
a new type. Along with a special
record circuit, we finally have a
recorder with multi-track heads
which is phase coherent. . .there is no
phase distortion and square waves can
be recorded. Ampex is quoting a wow
and flutter spec of NAB unweighted at
15 ips of + 0.04 per cent, frequency
response of 20 Hz to 20 kHz + 2 dB at
15 ips, but within the band from 100
Hz to 15 kHz, it is + 0.75 dB. Signal-to-
noise ratio, ANSI A" weighted, is
stated as 73 dB for multi-track and 15
ips NAB equalization. THD is quoted
as 0.3 per cent at 0 VU @ 1kHz, and IM
is 1.0 per cent @ OVU. Mighty im-
pressive to say the least. There is, of
course, a great deal more to this new
Ampex ATR-100 tape recorder than
this brief run-through. | hope to get
my Irish mitts on one of these ma-
chines in the not too distant future,
and then bring you a full in-depth re-
port.

Delay Acoustics

If the Ampex ATR-100 was widely
lauded as an item of equipment, then
Acoustic Research must be given
kudos for the sensational experiment
and demonstration they conducted in
their soundroom on the fourth floor
of the Hilton. Billed as a “16-channel,
programmed delay network,” it is, in
essence, a method of electronically
simulating concert hall acoustics
which can be added to the reproduc-
tion of ordinary stereo records. | think
this development is one of the most
significant audio advances in recent
years, and | want to give in-depth cov-
erage to it and explore its many fasci-
nating ramifications. That will be in a
forthcoming column, so my descrip-
tion at this time will necessarily be
brief. A Hewlett-Packard 9821/9862
calculator-plotter computer was used
to compute a mathematical model of
the acoustic properties of a concert
hall (in this case, Boston Symphony
Hall) which provided the data to set
the controls of a 16-channel digital
time-delay system. Sixteen segments
of a hemisphere in the hall have their
characteristic early reflection patterns
and, of course, differing time delays.
In the AR room, presided over by Bob
Berkovitz and David Mclintosh, the re-
search people on this project, there
were a pair of standard AR 11 speakers
in normal stereo configuration, and
then on the front, side, and rear walls,
a total of 16 AR-7 speakers, each
driven by its own 10-watt amplifier.
There was also a standard pre-
amp/amplifier driving the AR 11
speakers, and AR turntable for record
playback. The digital delay network
has 16 individual pots for setting delay
levels to each of the 16 amp/speakers.
it should be stressed that this is not a
reverb system, and time-delay simula-
tion is only possible when the record-
ing contains decay information. Since
most engineers strive to record hall
ambience in classical recordings, such
recordings work very well with this
system. Recordings with "dry’" acous-
tics will have a strange “outdoor”
sound on this system. Given a good
classical recording (Bob used an ex-
cellent Janacek choral recording), you
hear it “straight” through the AR 11
stereo speakers, and then when the 16
channels of time delay are switched
in, the effect is simply staggering. The
walls of the listening room do indeed
’fall away,” and you are hearing the
music as it would sound if it were
being performed in Boston Symphony
Hall! The realism is simply breath-
taking. Needless to say, other speak-
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Bring home a legend.

When you go out to buy a stereo

system, you’ll be matching sophis-

ticated, expensive components
from a vast array of choices.

More important {because good
music means a lot to you), you’ll
be selecting an important part of
your personal environment.

So you don’t want to be let
down, not even a little bit. That’s
why the speakers you bring home
should be Bose 901s®

You'll be impressed with your
new 901s as soon as you unpack
them. They’re much more com-
pact than their performance,
reputation, or price would lead
you to believe, and they’re beauti-
tully crafted from fine materials.

By the time you have the
system set up, you’ll somehow be
expecting something new and
better in the music, something
you'’ve never been able to hear
before.

You won't be disappointed.

You will hear an extraordi-
narily open, spacious sound that
very effectively reproduces the
teeling of a live, concert-hall
performance, a sound that has
been acclaimed by reviewers all
over the world.

That unique sound is the result

of several interrelated technical
developments.

First, the 901s are Direct/
Reflecting® speakers. Sound re-
flects off the walls of the room,
surrounding you with the correct
proportions of reflected and direct
sound, all frequencies in balance,
almost everywhere in the room.
In contrast, conventional direct-
radiating speakers tend to beam
high frequencies, limiting opti-
mum listening area, and pro-
ducing a sometimes harsh sound.

tional woofers or tweeters, just
nine identical, 4%-inch, full-range
drivers, acoustically coupled
inside that very compact 901
cabinet. Coupling tends to cancel
out, across all nine drivers, the
small imperfections found in any
speaker (ours included). The re-
sult is a smooth, life-like sound
that’s virtually free of distortion.

Third is the Active Equalizer,
a compact electronic unit that
automatically boosts power at
frequencies that need a boost.
This produces consistent sound
output up and down the frequency
range, with full, clear highs and
solid, powerful lows.

The first time you listen to

your new 901s, you’ll know you've
brought home the right speakers.
Years later you’ll have the con-
tinued satisfaction of owning and
using a product of uncompro-
mising quality.

We invite you to go to a Bose
dealer, listen, and compare the 901
to any other speaker, regardless
of size or price. Then you’ll begin
to know why the Bose 901 has
become something more than a
loudspeaker system for thousands
of music lovers all over the world.

For a full-color brochure on the 901 loudspeaker
system, write: Bose, Dept. AU7, The Mountain,
Framingham, Mass. 01701. Patents issued and
pending.
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The Mountain
Framingham, Mass. 01701
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ers can be used for the normal stereo
pair if you don’t dig AR, and the same
holds true for the delay speakers.
However, considering the small ener-
gy content in each channel, and the
non-coherent nature of the sound,
the little AR7s seems well suited for
this system, and from an aesthetic
viewpoint, their size is an advantage.
Everyone who heard this demonstra-
tion at the convention was mightily
impressed, and what had started out
as an experiment, now appears to be
shaping up as a product. Plans call for
a simplified “domestic” version and a
model of the "all-out” system. Once
again, this shows the great interest in
acoustic enhancement by means of
time delay and is why equipment to
accomplish this is coming on the mar-
ket. One of these is the Sound Con-
cepts unit, a bucket-brigade delay de-
vice, the other is a real digital-delay
unit from a firm called Audio Pulse. |
expect to have an Audio Pulse unit
before long, and we’ll give it a whirl.

Quadraphonic Front

On the quadraphonic front, JVC
was flying the flag for CD-4 in a dem-
onstration room on the ballroom
floor of the Hilton. CD-4 expert John

Eargle was on hand and was showing a
new JVC demodulator, which had all
the usual goodies like PLL, etc., but in
addition had a new ’"noise gating”
system which works only on the high
frequency carrier. With this in the cir-
cuit, the noise level of conventional
stereo records and the noise levels of
CD-4 recordings are now equal. With
CD-4 records cut with the new JVC
Mark-3 cutting system or its RCA
equivalent, the “Quadulator,” plus
this new noise-gating circuit, the
sound quality of CD-4 records can be
outstanding. A case in point is a
recording of the music from the film
Jaws,” which John played for me.
While this recording was made in
Hollywood by MCA, it was cut and
distributed in Japan and is not avail-
able here. (Although if enough
people bug JVC, they might make it
available.) The sound quality on this
CD-4 recording is not only exemplary
for this medium, but rivals anything
heard on a stereo record. It had plen-
ty of level; deep, solid bass, and an
amazing dynamic range. Some of the
fortissimo passages will blow you out
of your seat. All in all, a stunning
recording job and, as played through
properly set up CD-4 equipment,
proves this medium has come of age.

Certainly, the sound | heard in the
JVC room was among the best at the
convention.

Stereo AM

Finally, mention must be made of
the demonstration of AM stereo by
Sansui. Sansui is the proponent of two
different methods of broadcasting
AM stereo, with other systems pro-
posed by RCA, Motorola and several
others. These systems are being eval-
uated by a committee formed to in-
vestigate the feasibility of AM stereo.
In Sansui’s preferred embodiment, an
AM-AM system, mono transmissions
become a carrier and single side-band
and uses only half of the presently
available band. This would also permit
compatible QS AM broadcasting. All |
can tell you is that in an actual closed
circuit transmission in the Sansui
room, both systems worked well, and
we were listening to what was un-
deniably stereo AM.

Highlight of the AES Banquet Thurs-
day evening was a performance by the
internationally renowned Roger Wag-
ner Chorale with a repertoire of folk,
popular, and semi-classical tunes for a
fitting finale to this year’s Los Angeles
Convention. A

Could Your Speaker Pass This Test?

Conventional speakers all use some

form of paper for the cone. The problem
with paper is that it’s not stable in terms
of performance. It’s affected by humidity

and dryness.

Did you ever notice how your news-

paper feels on a rainy day?

So our Chief Engineer spent years
seeking out a new and different material
having the lightness of paper, but with
stability that would not change charac-
teristics as the weather changed.

Our cone is only one of many innova-
tive design features of Hartley speakers.

To learn about the others, write:

Hartley Products Corporation
56 North Summit Street, Tenafly, N. J. 07670

(201) 871-3442

THE HARTLEY POLYMER SPEAKER IS SO
IMPERVIOUS TO MOISTURE, IT CAN BE PLAYED
UNDERWATER WITHOUT DAMAGING THE CONE.

AUDIO ¢ AUGUST, 1976



FE-AWD REEED  BITCHK CONT REC CALISRATION L MOX FiLTER  LimTES
3 wesns =

e By b

33

w0 e 08 : g h
- v ))d)‘"'_"_ el
= t dB 5 ® . dB
ARG SLELTRXC (D). 1T i w ALY
| = - = -

-

L
. Mic LINE
Lasy L

}
GLASS & X TAL FERRITE HEAD

caues fAec

I»u‘ C AR [fﬁ' I}’;I@] ‘ ¥ @m"@

&' AKAIS=S2Iem, . o qes

AKAI INTRODUCES ITS
LOADED DECK.

The new Akai GXC-570D is our top-of-the-line stereo cassette deck. And it’s loaded.

It urilizes a 3 head recording system — a GX glass and crystal combination head so you
can source monitor when recording and, if you don't like
what you've got, an erase head.

It has a closed loop dual capstan drive system which not
only pulls, but feeds the tape across the heads, smoothly.
That's the best drive system there is.

It has Akai’s exclusive Sensi-touch® control system so
you can go from one mode to another without ever pushing a button. You just touch
them, lightly.

[thas 3 motors, dual process Dolby? remote con-
trol (optional) and as many switches and features
as cassette decks costing a lot more. Plus something
brand new —an electrically operated control panel
cover. Just 50 you can impress people.

Plug in our GXC-570D and you'll know you'e playing with a loaded deck. That's th

strength of the Akai line. Quality. Performance. Loaded. From
top to bottom. AKAI
After all, nobody should be playing with half a deck. COMIN’ON STRONG!

Akai cassette decks from $199 95 1o $800 00 suggested rerail value. “Trademark of Dolby Libs. Inc . Akar An td. 2 Amao Blvd - Compron. CA 9022¢

GXC-39D.

GXC-710D. X vlase ind ¢ he W m fi
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Summer

Sound Jystems

Sound amplification has become as
common in our life as Coke, and
rightfully so. People should not be re-
quired to concentrate on listening to
the sound, but should be able to con-
centrate on absorbing the message.

Sound-reinforcement systems
range from those designed to cover
100,000 people and costing more than
$250,000 to a small system to cover 20
people and costing $250. Public ad-
dress or PA systems are usually limit-
ed-response, inexpensive sound-rein-
forcement systems. PA systems do,
nevertheless, have their place and are
very necessary for the small picnic”
type sound systems where ease of in-
stallation and operation are very im-
portant.

Every system, no matter what size,
must satisfy four basic parameters:
1—They must be loud enough.
2—They must cover the entire audi-
ence area.
3—They must be able to be under-
stood.
4—They must be capable of perform-
ing all functions the customer re-
quires.

This article will cover the above
parameters and their solutions for the
small “picnic” type outdoor PA sys-
tems.

Loudness and Coverage

It is often said of PA systems, 'lt was
so loud it hurt my ears” while another
person might say of the same system,
“It was so soft | couldn’t make out
what he said.” One of the most diffi-
cult problems encountered in out-
door “picnic”’ PA systems is the ability
to make the system loud enough ev-
erywhere without making some areas
excessively loud and the entire system
distorted. This is usually best cor-
rected by placing the speakers prop-
erly and by using high efficiency
speakers with good projection pat-
terns.

Glen M. Ballou

Unfortunately, all outdoor PA sys-
tems must follow the laws of physics,
and such phenomena we cannot
change. One of these laws is known as
the “inverse square of sound atten-
uation,”” which states every time the
distance is doubled, the sound pres-
sure level (SPL) is reduced 6 dB or to
1/4 of the reference sound intensity.

Outdoor PA systems require more
power than indoor systems to pro-
duce a specific SPL at a specified dis-
tance. This is because outdoor systems
very closely follow the “/inverse
square law” while indoor systems get
help from reflections from the side
walls, floors and ceilings to a point
where, at Dc (critical distance) and
beyond, apparent level remains con-
stant. Critical distance is defined as
the distance where direct and rever-
berant sound are equal in level, often
8 to 20 ft. in the average room.

Because the inverse square law is
followed outdoors, a speaker 4 ft.
from an observer must produce an
SPL of 110 dB to give a SPL of 76 dB at
200 ft. A level of 76 dB is the minimum
level one should accept at the max-
imum required distance as 70-dB SPL
is a fairly common noise level where
the “picnic’’ type PA system is used. A
110-dB SPL is the same level as stand-
ing one foot from a man’s mouth
when he is shouting, while 76-dB SPL
has the same level as being 50 ft. from
the same shouter.

This difference in SPL between any
two points can be determined by us-
ing the graph of Fig. 1. To determine
the difference in SPL between any two
distances, locate the differences in
Fig. 1, go vertically to the diagonal line
and then horizontally to the atten-
uation. Subtract the near distance
attenuation from the far distance at-
tenuation for the difference between
the two. To determine this mathemat-
ically, see the appendix.

Let us assume that df is the farthest

distance the loudspeaker must project
and dN is the closest distance the
loudspeaker will project to. Raising
the speaker in the air and moving it
away from the audience does not ap-
preciably increase dp; however, it
does increase dN substantially as in
Fig. 2. Raising the speaker 4 ft. and
moving it back 4 ft. changes dy; from 4
ft. to 9 ft. while only changing dgfrom
200 ft. to 204 ft. With an SPL of 110 dB
at 4 ft. from the speaker as before, the
front of the audience area will be 103-
dB SPL or the same level as 2 ft. from
the shouter and the rear of the area
will still be 76-dB SPL.

Raising the speaker to 12 ft. and
moving it back 12 ft. changes dy to 20
ft. and dg to 212 ft. This would mean
with 110-dB SPL at 4 ft., the front of
the audience area SPL would be re-
duced to an SPL of 96 dB or a level
equivalent to 4 ft. from the shouter,
while the rear of the audience area
would be 75.5-dB SPL.

As can be seen, this position of the
loudspeaker only decreased the dF
SPL 0.5 dB, while decreasing the dy 14
dB. A difference in level of +10 dB
subjectively sounds about one-half or
twice as loud as the reference sound.
In an outdoor system a ASPL of 4 dB
would be ideal, however, 15 to 20 dB
is acceptable as long as the system is
being used for announcements, etc.,
and not as a sound-reinforcement sys-
tem for high-quality music ampli-
fication.

Raising the speaker higher will re-
duce the SPL difference between the
front and rear of the audience area,
however methods of mounting and
effects of wind and temperature on
sound limit useful height to about 20
ft.

Once we have determined the rela-
tive acceptable levels between the
front and rear of the audience area,
we can determine the power required
to drive the speakers. To do this, we

AUDIO ¢ AUGUST, 1976



must know the speaker’s sensitivity
and horizontal and vertical dispersion
and the coverage angle required to
cover the audience area.

Published speaker coverage angles
or dispersion vary from a 60 to 120°
circular coverage pattern (Fig. 3) to a
rectangular pattern from 20 x 40° to
60 x 120° (Figs. 4 & 5). Unfortunately,
sound waves are not all that easily
controlled and the angle decreases as
the frequency increases (Fig. 6). As
can be seen, it is not uncommon for
the dispersion angle of the speaker to
vary from 220° at 200 Hz to 20° at 10
kHz. The dispersion angle is often giv-
en at 2-3 kHz and, therefore, for even
coverage to 5-6 kHz, additional speak-
ers are required.

It is very unusual, in outdoor sys-
tems, to require a large vertical cov-
erage angle as the audience is usually
either standing or sitting on ground
level. Speakers with rectangular dis-
persion have an advantage over
speakers with a circular or square dis-
persion for two reasons:

1—Outdoor sound has no precise
boundaries, therefore, any sound
which is not absorbed in the audience
area is apt to project to unwanted
areas (neighbors, etc.).

2—A driver which has the ability to
produce a specified SPL into a sphere
(omnidirectional) will have a much
higher SPL when projected into a por-
tion of that sphere. This translates to
less required power input. This is de-
scribed in the appendix.

We know that we require an SPL of
75 dB at 212 ft. Most speaker manu-
facturers rate their speaker sensitivity
at either 4 or 10 ft. with one-watt
electrical input power. Assuming the
speaker sensitivity rating is at 4 ft. and
we require an SPL of 75 dB at 212 ft.,
the speaker therefore must deliver
110 dB at 4 ft. This can be determined
by adding the dB attenuation for dgas
found in Fig. 1 to the SPL required at
dg. In our example, using Fig. 1, go
vertically from 212 ft. to diagonal line,
then horizontally to attenuation of 34-
dB SPL. Add this to the required SPL at
4ft., i.e., 34 dB + 76 dB = 110 dB SPL.

Unfortunately, doubling the speak-
er power does not increase SPL by 6
dB, but only 3 dB, hence it is impor-
tant, when running outdoor systems
(often on battery), to use efficient
speakers with controlled dispersion. If
the manufacturer’s speaker rating was
99 dB @ 1 W at 4 ft. and we require
110-dB program SPL at 4 ft., our Elec-
trical Power Required to the speaker
(EPR) would be 12.6 watts of program
power (see appendix).

All signals, with the exception of
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pure sine waves, have a crest factor.
This means that the peaks of the signal
are much higher for a given average
power than if it were a sine wave. A
crest factor of 10 dB or 10 times is
common, therefore, the EPR of the
amplifier for 12.6 watts of program
power would be 125 watts (see ap-
pendix). Many paging horn loud-
speakers have a sensitivity of 107 dB or

Fig. 4—70° x 100° rectangular
dispersion horn speaker, EV FR-150.
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Fig. 5—20° x 120°
cone-type column
loudspeaker,

University CSO-62.

more. This would reduce the EPR to
the speaker to 2 watts program or 20
watts total.

Often the required coverage is
much larger than the area covered by
one speaker, therefore, more than
one speaker is required to cover the
area. The published speaker dis-
persion angle is that angle where the
acoustical output is 6 dB down from
the output on the speaker axis. To in-
sure uniform coverage, the speakers
must have at least 20 per cent overlap.
If the speakers are stacked and
splayed, rather than mounted side-
by-side, the frequency response will
be more uniform (Fig. 7).

Solid-state amplifiers can become
very unhappy when the load imped-
ance is less than the specified output
impedance taps of the amplifier. If
more than two 8-Ohm speakers are
used, it is preferable to use the 70-volt
output common on the pro amplifiers
and 70-volt transformers on each
speaker. This also allows level adjust-
ment for each individual speaker. If
four or five speakers are always used
and wired in parallel, the speakers can
be connected between the 8-Ohm
and 16-Ohm taps of the amplifier with
only a small loss of power. Since solid-
state amplifiers require very little idle
power, 10 watts for a 25-watt amplifier
and 20 watts for a 100-watt amplifier, it
is advisable to use a 60- to 125-watt
amplifier for most “picnic” PA sys-
tems. This and efficient speakers guar-
antee adequate volume so it may be
heard over the background noise.

Articulation

It is often said “The system was
plenty loud, but I couldn’t understand
a thing he said.” This condition is
more prevalent in indoor systems

where reverberation is an important
factor affecting articulation. Out-
doors, reverberation usually does not
affect articulation, however, echo,
poor signal-to-noise ratio (S/N), dis-
tortion, and poor frequency response
can all affect articulation. In the rever-
berant areas, a required S/N of 25 dB
is not unusual. In outdoor installa-
tions, where reverberation is min-
imum, a $/N of 3 to 6 dB is usually ad-
equate, however, 6 to 10 dB would be
preferred. In fact, the fantastic com-
puter in our head can separate the
signal from the noise when the S/N is
less than 0 dB.

Echo affects articulation two ways,
by increasing the noise level and by
adding confusion. A good way to bet-
ter understand this type of confusion
is to talk over the PA system while lis-
tening to yourself over a speaker
placed 110 feet away. Since sound
travels approximately 1,130 ft./sec., it
takes 0.1 seconds for the sound to
travel back to the talker. When talking
over such a system, the talker usually
slows down to give the sound time to
catch up to him which, of course, it
can’t do. Next, move the speaker 40
feet away and normal talking can be
resumed. Therefore, never have
speakers more than 40 feet apart and
the first speaker of a string of speakers
more than 40 feet from the talker.

Inexpensive microphones, ampli-
fiers, and speakers often have dis-
tortion exceeding 10 per cent. Under
ideal conditions, 10 per cent dis-
tortion is probably acceptable as far as
articulation is concerned, however,
when S/N is borderline, 10 per cent
distortion could increase the articu-
lation loss beyond acceptable limits.

Since most amplifiers have low dis-
tortion (2 per cent) and good fre-

Fig. 6—Speaker coverage angle & Q of Altec sectoral horn.
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Get more
advantages with our

top prolessional.

Engineering. Features. Styling. Every-
thing about the new JVC S600 stereo
receiver is professional. The kind of
professionalism that offers you more
to do more. Hear more.

Advantage #1: More precise
tone controls.

JVC's exclusive SEA graphic equalizer
system has five tone-zone controls
covering the complete audio range
Together, with a tone canceliation
switch, they help you overcome the
shortcomings of room acoustics, poor
recording and placement of speakers

Advantage #2: Instant reserve
power when you need it.

The S600 delivers 110 watts per
channel minimum RMS, at 8 ohms.
from 20 to 20,000 Hz, with no more
than 0.1% total harmonic distortion

Its advanced toroidal coil power trans-
former instantly produces reserve
power for better transient response
What's more, you can constantly
monitor the power being fed into your

Direct-action pushbuttons
simplity source selection and switching.

Instantaneous monitoring of power
with twin direct-reading power meters.

speakers with a pair of direct-reading
power meters. JVC's patented 3-way
protection circuit helps safeguard

power transistors and your speakers
against unexpected surges of power.

Advantage #3: The great
performance of a separate tuner.

The FM tuner section of the S600
brings in stations smoothly and cleanly
with remarkable channel separation
The reason: advanced design that
incorporates a dual-gate MOS FET
plus a 4-gang tuning capacitor, phase
lock lcop IC circuitry and a quadra-
ture detector.

Advantage #4: Innovative styling.
S-600 styling is totally uncluttered

5-zone SEA graphic equalizer system offers
tone adjustment over entire musical range.
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Direct-action pushbuttons and slide
controls for all functions and switching
make operation completely simple
and absolutely precise

Advantage #5: Greater versatility.

The S600 gives you 2-way tape
dubbing, electronic phono switching
and stereo/mono switching, high/low
filters, signal strength and center
channel tuning meters, FM muting
loudness control, and a switchable
noise reduction circuit for Dolby
FM broadcasts

Call toll-free 800-221-7502 for
your nearest JVC dealer

JVC America, Inc., 58-75 Queens
Midtown Expressway, Maspeth, N.Y.
11378 (212) 476-8300

Approximate retail value of the S600 1s $750

JVG

Check No. 17 on Reader Service Card

Smooth, precision tuning with gyro-bias knob.
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Fig. 7—Proper method of increasing horizontal dispersion.
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quency response (50Hz to 10 kHz + 2
dB), they are not usually the problems
in PA systems. Components which
change acoustic energy to electrical
energy (microphones) and electrical
energy to acoustic energy (loudspeak-
ers) are the hardest to make accept-
able and require the expenditure of
more time and money.

Frequency response of 300 to 3500
Hz, with a peak at 3000 Hz, may be
ideal for telephone communications
where a broad frequency response
would create poor S/N because of
long unshielded lines. The narrow fre-
quency response is also acceptable

Fig. 8—75 W amplifier with battery
operation and charge capabilities,
Altec 1607A.

because conversation is usually short.
In outdoor PA systems, this frequency
response is not acceptable because
the aggravation it produces causes the
audience to block their ears to the
system, reducing articulation. While
the stereo enthusiast would prefer a
frequency response that is flat from
d.c. to infinity, it is not practical for
small outdoor PA systems. What is im-
portant is to be able to reproduce
some of the lower fundamentals of
the male voice, 250 Hz minimum (100
Hz would be better) and 10 reproduce
up to 6 to 8 kHz to assure proper re-
production of the sibilance of the
speech, i.e. S's, Z's, etc. Using speak-
ers with a relatively smooth response
of 250 Hz to 8 kHz assures fairly good
reproduction of the voice and at least
acceptable reproduction of back-
ground music.

Microphones

There is always much discussion on
the pros and cons of cardiod and
omni-directional microphones. In

outdoor systems, where the acoustic

field is not reverberant, cardiod mi-
crophones will increase gain before
feedback, particularly when the back
of the microphone faces the loud-
speaker. A second advantage of the
cardiod microphone is that it can be
used to discriminate between signal
and noise. The heart-shaped pickup
pattern of the microphone means that
the talker or signal must be directed
towards the front of the microphone,
not towards the side or rear, and that
the rear of the mike should be to-
wards the unwanted sound or noise.
Talking into the side of the mike
would reduce output about 6 dB,
while talking to the rear would reduce
mike output up to 20 dB.

All microphones should have an
“on-off” switch so the announcers
can turn the microphones off when
not in use, reducing noise and allow-
ing personal conversations to be car-
ried on in the vicinity of the micro-
phone. For a simple one-microphone
system, the Shure SM82 microphone
with built-in preamplifier and limiter
can be used directly into a power am-
plifier, bypassing low level pre-
amplifiers and reducing susceptibility
to noise, etc.

Outdoor PA systems are susceptible
to electrical inteference (radio sta-
tions, hum, ignition, etc.) because of
poor grounds, or lack of grounds,
along with the lack of external shield-

ing from building structures, so all mi-
crophone inputs should be low im-
pedance and balanced to eliminate
noise pickup and allow long micro-
phone lines.

Required Functions

Now that the system is designed to
work well (a microphone input gives
good quality speaker output), we
must make the system do what the
customer wants it to do. It is common
to require battery power in portable
outdoor systems. Many solid-state
amplifiers are ideal for operating on
battery power as they operate on a 14
V d.c. or 28 V d.c. power supply. This
means they can easily be powered by
12 V auto batteries of 12-24 V Ni-Cad
batteries. The advantages and dis-
advantages of automotive lead-acid
batteries and Ni-Cad batteries are as
follows:

Lead Acid Batteries

Advantages

1—High power capabilities (5-10 am-
peres for 8 hours).

2—Easy to obtain.

3—Can be connected in series for
higher voltage.

Disadvantages

1—Heavy.

2—Cannot be tipped.

3—Require large connectors.
4—Require maintenance.

Ni-Cad Type Batteries
Advantages

1—Small.
2—Lightweight.

Fig. 9—Battery operating and charging unit.
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Size

isn’t everything

Japan. Land of the audio giants. Com-
panies like Pioneer, Sony, Yamaha. Each with
100 times more engineers, production effi-
ciency, research facilities, marketing
resources, and sales — than your average
good-sized U.S. or U.K. manufacturer.

November 3rd, 1975, Prince Hotel, Tokyo.
The scene of a hallmark event — the 5th an-
nual Japan Stereo Components Grand Prix
Contest. An occasion which has indeed
become the Grand Prix of the Japanese
audio scene. Stereo components from )Japan,
the U.S., the UK., and Europe — to be judg-
ed on the basis of performance and design
by eight famous Japanese hi-fi journalists.
Among the entrants: a small speaker, the
UL6, recently launched by a not-so-big com-
pany: Celestion of England.

January 1976 — the results. AMONG ALL
THE ENTRANTS, WORLDWIDE AND
JAPANESE — ONLY ONE SPEAKER WINS
THE GRAND PRIX: CELESTION’S DIMINU-
TIVE UL6.

Surprising? Not really. All the engineers,
efficiency, marketing and money in the
world are not sufficient to build a great
speaker. Intangible resources are needed:
experience, intuition, and dedication.
Resources which Celestion has more of than
any other speaker company in the world.

Since 1924, Celestion engineers have
dedicated themselves uniquely to one art —
that of building great speakers. And to doing
it all by themselves — from scratch.

Starting from the outside, we see that styl-
ing is a special feature of the UL6, with
beautiful dark walnut finish on all sides —
even on the front baffle-board which is nor-
mally concealed by the grille. The grille con-
sists of a slim frame carrying two stand-off
ribs to give a three-faced appearance when
the black, acoustically transparent cloth is
stretched over it.

Now for the guts. UL6 deploys the new
HD1000 ultra-wide dispersion 1" dome
tweeter, a new Celestion mid-bass unit with
massive magnet system and specially treated
Bextrene diaphragm, and a new ABR (aux-
iliary bass radiator) which extends bass
response, raises sensitivity and reduces dis-
tortion to negligible limits. These advanced
precision components were totally research-
ed, designed and built by Celestion to op-
timize overall performance in the UL6. The
result is clean, tight, smooth response from
35 Hz-28 kHz. Performance so superlative
that we realistically predict that UL6 will
become the reference standard for
bookshelf-size speakers.

Celestion UL6. Not gigantic. Not made by
a giant. Just a giant-killer.

Sole North American Distributors:
ROCELCO INC. 160 Ronald Dr., Montreal, Canada H4X 1M8 Phone (514) 489-6842

Also Distributors for Decca Cartridges and Record Cleaning Devices
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3—Can be used and stored in any po-
sition.

4—Small connectors.

5—Can be connected in series or par-
allel for other than standard capabili-
ties.

6—Wide temperature range, -76°F to
158°F.

7—Maintenance Free.

Disadvantages

1—Ampere-hour ratings indicated are
not for one hour, but 20 hour dis-
charge, therefore, a 4.5 ampere-hour
battery will supply 0.225 amperes for
20 hours or 4.5 amperes for 30 min-
utes.

2—Internal impedance very low,
therefore, battery can be destroyed
by shorting.

3—Batteries left on shelf for long peri-
ods require exercising to bring back
their full capacity.

Many amplifiers have a built-in bat-
tery charging circuit (Fig. 8), however,
those that don’t, can have one easily
installed. All that is required is a pow-
er rectifier which is forward biased
when operating on battery, in parallel
with a power resistor which charges
the battery when the amplifier is op-
erating on a.c. power (Fig. 9).

Amplifiers should have a minimum
of two low-impedance microphone
inputs, as many outdoor PA systems
are used for entertainment along with
general paging. In this day of small,
battery-operated, cassette tape re-
corders, it is also important to have
an auxiliary high impedance input. All
inputs must have their own volume
controls.

Summary

Now that we have looked at the
problems of outdoor PA systems, does
it mean we must go through all the
preceding formulae every time we in-
stall a portable PA system? By all
means, no; however, by knowing the
problems and their solutions we can,
through our own logic and good
judgment, purchase and install out-
door “picnic”’ type sound systems
with improved quality and articu-
lation.

By following these do’s and don'ts,
acceptable outdoor “picnic” PA sys-
tems can be installed.

Do

1—Have adequate amplifier power.
2—Use efficient speakers.

3—Use speakers with rectangular dis-
persion.

4—Mount speakers in the air and

Appendix

1—The difference in dB SPL between any two points can be determined by the
following formula:
20 long where

dy

ASPL

dp - far distance
dy = neardistance

Subtracting ASPL from the near distance delivers the SPL at the far distance and

conversely, adding 3SPL to the far distance gives the SPL at the near distance.
SPLg - SPLy — ASPL (2)
SPLn = SPLg ASPL (3)

2—The formula for determining the SPL of a sphere is:
W Q 102\ + 10.5 (4)
SPL = 10 log (=1 )
W = acoustic watts
Q = directivity factor
r = distance from source
Using W = 1 wall
Q = 1 (omni directional)
ro= 4 ft
The maximum SPL = 107.47 dB SPL
Q is the directivity factor or the ratio of the area of a window on the sphere to
the entire surface area of the sphere. The average speakers have coverage
angles between 1°-180° and, therefore, their Q can be determined by the
formulae:
Rectangular Dispersion

180 (5)
Arc Sin [ /Sin 8\ /Sin ¢
. [C" %))
where 0= horizontal angle

& - vertical angle
Circular Dispersion

2 (6)
Q- 1-Cos 0
2

If we use a hypothetical speaker with a dispersion of 40° 100 , our Q would be
11.85, therefore our SPL, under the same conditions as the previous sphere,
would be 118.2 dB SPL for a gain of 10.73 dB.

If the same driver was mounted in a speaker with a 100 circular dispersion, the
Q would be 5.6, therefore, the gain over the sphere would only be 7.48 dB.
This means that this speaker would require 2.11 more power than the same
driver on the speaker with a 40" x 100" dispersion.

3—Electrical Power Required formula is:

level required at 4’ - speaker sensitivity (7)
10

Program EPR = 10
110dB - 99 dB
10
Or inour case, EPR = 10log 12.6 Watts
4—The total amplifier power output per speaker is equivalent to the program
power plus the crest factor, and it is calculated by the following formula:

crest factor
10
Total Amp power/spkr. = EPR program \10

or Total Amp power/spkr. = EPR (10)
This means in our example, we would require
12.6 Watts (10)

(8)

126 Watts
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If youre surprised to learn
that tubes solve some amplifier problems best,
you have something tolearn about amplifiers.

And about IUX,

It may seem courageously retrogressive for & company
to introduce a tube amplifier —even a highly advanced
type - to the semiconductor audio world of 1976. Especially
for a company only recently established in the U S market
with a comprehensive line of solid-state amplifiers and tuners
Butfor LUX, tis simply consistent with our philosophy
whatever path may lead to improvement in the accuracy of
music reproduction will be explored by our audiophile/
engineers. Whether it leads to transistors or tubes.

Certainly, transistors are not about to be obsoleted
by tubes However there are some amplifier problems that
tubes still handle better than transistors. Overloading
IS one such problem

When a solid-state amplifier is driven beyond its rated
power. itclips abruptly. Engineers call it hard clipping The
term s apt. as the sound from the spurious high-order odd
harmonics is raspy and irritating. Further, if the overall
circultry Is not stable, and the protective circuits not very
well-designed. the distortion is extended in time bevond the
moment of overload. Drive a tube amplifier beyond its rated
power and it too clips the waveform, but gently and
smoothly. This ‘soft” clipping introduces much smaller
amounts of odd harmonics. The distortion is far less irritating,
hence less noticeable

Notch (or crossover) distortion, present in many
transistor amplifiers. is another source of spurious high-order
odd harmonics. It occurs when the transistor output
circuits are notable to follow the musical waveform accurately
atthe points where it changes from positive to negative
and back again. Since notch distortion. unlike clipping is at a
constant level regardless of the power the amplifier is
delivering. the ratio of this distortion to signal is worse at lower

power. The gritty guality heard from many transistor amplifiers,

particularly when they are playing at low levels, is usually
due to crossover distortion.

conventional tubes. The only tube previously capable of
high-power amplification—the pentode — has inherently higher
levels of distortion than the triode. Existing lower-distortion
triode tubes cannot deliver sufficiently high power as a
simple push-pull pair. But LUX, together with NEC engineers
has developed the first of a new breed of triode tube the
8045G, which with other related technological advances,
makes possible a high-power, low-distortion triode
amplifier—the Luxman MB-3045 Among the differences in
this new triode. the plate-electrode uses a special bonded
metal with high heat-radiation characteristics. Also. the
finstructure further aids heat dissipation.

LUX also developed a low-distortion high-voltage driver
tube, the 6240G, capable of delivering over 200 volts of
audio signal to the output triodes. Also. a new output
transformer (LUX's long-time special area of expertise) has
been designed to take optimal advantage of the triode
configuration feeding it. The quadrafilar winding and core
technology of this transformer represents another break-
through. Overall, from input to output, the use of advanced
design direct-coupled and self-balancing differential amplifier
stages ensures stability and minimum phase shift

The MB-3045 produces a minimum of 50 watts
continuous power info 4, 8. or 16 ohms, at any frequency
from 20 to 20,000 Hz, with total harmonic distortion no more
than 0.3%. As the MB-3045 is monophonic, a pair of them
connected to a stereophonic preamplifier will not be
subject to stereo power-supply interaction

Now, we don't expect the MB-3045 to become the
world's best-selling amplifier, any more than our highest
power solid state power amplifier, the M-6000 priced
at nearly $3000.

You'll find both at our carefully selected LUX dealers
who will be pleased to demonstrate them for you. And any
of the other dozen or so LUX models. Its why they re
LUX dealers in the first place.

Of course, tubes also have their limitations. Especially
When atypical

~ (
transistorized

ampilifier tries to —
deliver more
power than it can,
the top and
bottom edges of
the waveform

clip” sharply

and abruptly and
not always sym.
metrically Result
high-order har
monic distortion
raspy and irritating

When atube
amplifier. such
as the Luxman
MB-3045 s
driven into over
load, the ‘clip
ping is softer,
with more
rounded edges
to the waveform
The resulting
distortion s
much less audi
bly bothersome )

AN

Luxman MB-3045 monophonic tube power amplifier.
50 watts minimum continuous power into 4, 8, or 16
ohms, 20-20 kHz. total harmonic distortion no more
than 0.3%. Frequency response’ 10to 40 kHz, = 1dB
3ignal to noise ratio. 95 dB Variable sensitwvity, control
for matching gain to any preampiifier $445 00 each
BLuxman CL-35 Il stereo tube preamplifier. Total
narmonic distortion 0.06% at 2.0 V. 20-20 kHz. all

output signals Frequency response. 2-80 kHz, +0
0 5dB RIAA equalization =0 3dB. Features

include tape monitoring and dubbing, 6 selectable
turnover frequencies. twin high and low noise filters
switchable phono-input impedance (30, 50, 100 J

kohms) variable input sensitivities. $745 00

LUX Audio of America, I.td.

200 Aerial Way, Syosset, New York 11791
In Canada: AMX Sound Corp. Ltd., British Columbia, Gentronic Ltd., Quebec




32

The
phono cartridge
that doesn’t compromise
any
modern record.

AT15Sa

Choosing an AT158a
can add more listen-
ing pleasure per dollar
than almost anything else
in your hi-fi system. First, because

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

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

Stereo separation is outstanding. Not
onlyat 1 kHz(where everyone is pretty
good) but also at 10 Tt
kHz and above (where l@,
others fail). It’s a result S
of our exclusive Dual -~
Magnet* design that &
uses an individual low-mass magnet
for each side of the record groove.
Logical, simple and very effective.

Now, add up the benefits of a genu-
ine Shibata stylus. It’s truly the stylus
of the future, and a major improve-
ment over any elliptical stylus. The
AT15Sa can track the highest record-
ed frequencies with ease, works in

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

UNIVERSAIL

E BEST FOR 1/2/4 CHANNEL ]

any good tone arm or
player at reasonable
settings (1-2 grams),
yet sharply reduces record

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

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

The ATI15Sa even helps improve the
sound of old, worn records. Because
the Shibata stylus uses parts of the
groove wall probably untouched by
other elliptical or spherical styli. And
the AT15Sa Shibata stylus is mount-
ed on a thin-wall tapered tube, using
a nude square-shank mounting. The
result is less mass and greater precision
than with common round-shank styli.
It all adds up to lower distortion and
smoother response. Differences you
can hear on every record you play.

Don’t choose a cartridge by name or
price alone. Listen. With all kinds of
records. Then choose. The AT155a
UNIVERSAL Audio-Technica car-
tridge. Anything less is a compromise.

audio-technica

INNOVATION o PRECISION O INTEGRITY
AUDIO-TECHNICA U.S., INC., Dept. 86A, 33 Shlawassee Ave., Fairlawn, Ohio 44313

away from the front of the audience.
5—Aim speakers at the audience.
6—Stack and splay speakers when us-
ing more than one speaker for cov-
erage from one point.

7—Use speakers with smooth fre-
quency response 250 Hz to 8 kHz.
8—Use 70 V speaker lines when
speakers are more than 100 ft. from
amplifier or more than two speakers
are used.

9—Have battery-powered capabili-
ties for amps.

10—Have at least two microphone in-
puts and one auxiliary input.
11—Use balanced low-Z micro-
phones.

12—Use cardiod microphones for in-
creased gain and improved S/N.
13—Place microphones between 25
and 50 feet from speakers. This gives
adequate gain without time delay.
14—Have adequate coverage to in-
sure no dead spots.

Don’t

1—Don’t put speakers on ground.
Sound cannot go through or around
people and objects.

2—Don’t aim speakers in the air as this
causes sound to go into unwanted
areas.

3—Don’t string speakers out more
than 40 feet apart as this causes echo.
4—Don’t boost bass control on the
amplifier when speaker response is
limited to 250 Hz. This will increase
distortion and can destroy speakers.

5—Don’t allow total speaker imped-
ance to be lower than amplifier load
impedance.

6—Don’t connect speakers in
series—parallel, as in temporary sys-
tems; this becomes confusing and of-
ten requires complicated wiring.
7—Don’t allow people to plug cheap
Hi-Z unbalanced microphones into a
system as it will cause noise, os-
cillation, and poor quality.

8—Don’t run speaker wires and mi-
crophone lines together as this will
cause oscillation.

9—Don’t run wires on the ground
where people can trip on them, caus-
ing personal injury or defeating the
PA system.

By following the above recommen-
dations and using logic and common
sense, outdoor ‘‘picnic” sound sys-
tems can be made to be a positive
force in any outdoor function, rather
than a “‘necessary evil.”

Handy references are Sound Sys-
tems Engineering by Don and Carolyn
Davis and Altec’s Tech. Topics 221,
212A, and 218. A
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ONCE AGAIN, THE EP1 100
HAS RECEIVED TOP RATINGS FROM
THIS PRESTIGIOUS PUBLICATION.

In its February issue,
the leading independent
consumer testing magazine
rated the EPI 100 the best
speaker for the price among
medium-priced speakers.

That’s the good news.

The bad news is, because
of its policy of strictly enforc-
ing the copyright laws, we
can’t name the magazine or quote it directly.

But we can tell you this: This is the third time
running the EPI 100 has been so rated by the
publication. And no wonder.

The EPI 100 offers EPI's celebrated Linear
Sound: a pure, uncolored, natural sound from top
to bottom. With no artificial boosting of the bass to
impress the innocent. And all the nuances at the
treble end that, on most speakers, just fade away.

The Model 100 doesn’t just deliver the Linear
Sound of EPI straight ahead, either. In fact, up to
15,000 Hz, the speaker’s off-axis dispersion is down
an average of only 3 db.

With its excellent dispersion and EPI’s Linear
Sound, we’d say the EPI 100 is clearly the finest
speaker you can get for the money.

But don’t take our word for it.

Take [N -

The Model 100 is available in a hand-rubbed walnut veneer or a viny! finish (Mode! 100v}

THE LINEAR SOUND OF EPI

EPlis a product line of Epicure Products Inc., Newburyport, Mass. 01950

Check No. 14 on Reader Service Card
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Recent studies have shown that most music has little pro-
gram content below 40 Hz. The open E string of a bass
(acoustic or electric) produces a note with a fundamental of
41.2 Hz, the low A on a piano has a fundamental of 27.5 Hz,
and an organ with a 32-ft. pipe produces a low C with a 16.4
Hz component. However, the fundamentals of the notes
produced by all of these instruments are very low in ampli-
tude compared to the harmonics. Tests have shown that a
loudspeaker with a 40 Hz cut off is adequate for reproduc-
tion of almost all music. ' But there are exceptions to these
general rules.

For example, it is now common practice to record an elec-
tric bass by plugging it directly into the recording console
via a matching transformer. This avoids the deficient bass of
most open-backed guitar speakers and provides a signal
much richer in the fundamental, but the bass still only goes
down to 41.2 Hz. To go farther down the spectrum, we must
switch from instruments with acoustical signal generators to
ones with electrical signal sources.

Dr. Moog’s Synthesizer contains a set of electronic func-
tion generators and can produce low bass notes with very
strong fundamentals. It is very easy to produce a low dis-
tortion sine wave with a synthesizer, a 16.4 Hz note which is
99-44/100% fundamental, for instance. Over the past few
years musicians have become proficient with synthesizers,
and a sizeable catalog of good electronic music is available
on phonograph records. Should an engineer design loud-
speakers to handle these records? What does it cost to ex-
tend the frequency response down an octave from the 40 Hz
cut off, required by most music, to 20 Hz for electronic mu-
sic? Remember, there is no such thing as a free lunch.

Some Theory

Dr. R. H. Small 2of the University of Sydney has “done the
math” on this problem as related to direct-radiator loud-
speakers and gives us the following equation which relates
reference efficiency,(10), low frequency cut off (f.), and to-
tal enclosure volume (Vg):
where k;is a constant related to the type of system (vented,
closed-box, or passive radiator) and response alignment
(Butterworth, Chebbychev, etc.). If no is expressed in per
cent, f; in Hz, and Vg in litres, then the maximum possible
value of kyis 3.9 x 107" for a vented-box and 2.0 x 10~ ‘fora
closed box.

o = kpfsvg (1)

Let us assume the case of a typical vented-box with ky of
3.0 x 107, Vg of 60 litres (2.1 ft*), and f;of 40 Hz. This gives
an efficiency of about 1.2%. Now, let us lower fito 20 Hz. If
we keep the same alignment (hold kyconstant), then either
the efficiency must drop to around 0.14% or the enclosure
size must go up to 480 litres (17 ft3).This is expensive in terms
of either amplifier horsepower or timber.

Small also points out an approximate relationship be-
tween distortion (D) and low frequency cut off.

3

Thus, all other things being equal, a system with a 20 Hz cut
off will have 76 times the distortion of one with a 40 Hz cut
off. The largest part of the distortion results from the inter-
modulation of the higher frequency components of the sig-
nal with the lower ones.’

We now begin to see why almost all commercially avail-
able systems cut off between 40 and 60 Hz. There is little of
musical interest below 40 Hz and system distortion increases
rapidly as the system low frequency cut off goes down.

But suppose, Gentle Reader, that you, like the author, still
want to feel those 20 Hz signals from a synthesizer while re-
taining reasonable efficiency and tolerable distortion in
your system. This can be done with the addition of a sub-
woofer. A sub-woofer is a low bass loudspeaker, generally
used in a bridged-center configuration, which handles ma-
terial below the range of the normal system’s woofer. It of-
fers two advantages. One, quite obviously, is extended bass
response and the other is reduced distortion in the main sys-
tem. This reduction in distortion is caused by easing the low-
frequency requirements on the main woofer. Let us apply

*CTS of Paducah, Inc., Paducah, KY 42001
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Fig. 1—Inside dimensions of loudspeaker box.
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Fig. 2—Vent details for the loudspeaker box.
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Fig. 3—Installation of the front panel gasket. Note the

damping material, braces, and vent.
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Fig. 4—Sub-woofer crossover schematic.
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current loudspeaker synthesis procedures to the design of a
sub-woofer and see what sort of system results.

Designing a Sub-Woofer

Before going any farther, we need to firmly establish our
design objective. Let us try for a low frequency cut off of 20
Hz in a system with maximally-flat response. With this goal
in mind, we must now choose the type of system and the
alignment we will use. Since the low cut off requires a large
box for reasonable efficiency, we should choose a type of
system and alignment which will maximize efficiency per
unit volume, and this means a vented-box. For an align-
ment, let us choose the 4th-order Butterworth (B4) which is
maximally-flat. The Quasi-Butterworth 3rd-order (QB3)
alignments are also flat, but require the driver resonance
frequency to be lower than the system cut-off frequency. In
the case of a 20 Hz cut off, this is an unreasonable require-
ment. Also, the QB3 alignments are more prone to prob-
lems caused by infrasonic signals, such as turntable rumble,
than is the B4.

Next, we must fix the enclosure volume. 600 litres (21 ft*)is
about the largest box that the author can squeeze into the
living room of his small apartment; therefore, let Vg be 600
litres. This volume, when plugged into Eq. 1 along with the
ky of a B4 alignment and 20 Hz cut off, gives an efficiency of
just over 1.0%.

Similarly, we must set the upper frequency limit for the
sub-woofer. The 60-litre bookshelf systems (A & | Sound
A¢60s) in the author’s apartment have a moderate 4th-order
Chebbychev (C4) alignment with a 45-Hz cut off. Good en-
gineering practice requires about an octave of overlap be-
tween the crossover frequency and the acoustical cut off of
a driver

2 X 45Hz = 90 Hz (3)
which can be rounded off to 100 Hz. This figure will give
suitable overlap for systems with f;’sin the 40- to 60-Hz re-
gion. The sub-woofer’s response should extend an octave
above the crossover. The formula below gives an approxi-
mate relationship between advertised basket diameter in
inches (AD) and the upper acoustical cut off (fpr) of a
driver.

ADmax = 11,000 = fPR 4
Plugging fpr of 200 Hz into Eq. 4, we find that a driver with
an advertised diameter of up to 55 in. would be useful. Since
no one makes a 55-in. loudspeaker, we should try some-
thing smaller. We could use an 18-, 24-, or 30-in. unit. Since
there are so few drivers from which to choose, let us limit
ourselves to 15-in. units.

A.N. Thiele * has given us a very useful table of potential
vented-box system alignments. The table was reprinted in
the August, 1975, issue of Audio. ?Referring to the table we
find that for a 20-Hz B4 alignment in a 600-litre box, we want
to use a driver with a resonance frequency (fs) of 20 Hz, a
total Q (Qrg) of 0.38, and a compliance equivalent volume
(Vas) of 850 litres. The table gives the parameters of three
potentially useful drivers, the Altec 416-BA, the CTS
51W38C, and the JBL 2205A. In the case of the Altec driver
the Qg is too low, but it may be raised by adding a series
resistor (Rc) which should have a power rating comparable
to that of tShe driver. The Vg of the JBL driver is too low to
allow for a B4 alignment, but does allow a C4 alignment with
less than 0.1 dB of amplitude ripple. Again, the Qrgneeds to
be adjusted with a series resistor.

How to Build a Box

Each of the three possible systems uses the same basic en-
closure with changes in the length of the vent and the addi-
tion of a series resistor being the only variations on the
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An opinion from an expert: The ADS 710
is a three-way bookshelf speaker of acous-
tic suspension design. It differs frcm other
speakers of that genre in that it is very ef-
ficient, and is actually designed for shelf
placement. The efficiency is achieved by
the use of very strong magnetic assemblies
in all of the drivers, substituting two 7" woof-
ers for the more common single, larger unit.
The end result is a speaker that has superb

QC-76P

frequency response without sacrificing the

equally important transient characteristics.

The sound of this speaker system is in-

credibly open and well defined, and the ef-

fect is that of listening to music,rather than

to aloudspeaker. - Martin Clitford.
Renowned Techrica Editar

We couldn’t have said it better.

ADS, Analog & Digital Systems

64 Industrial Way, Wilmington, MA O1887
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Fig. 9—Microphone placement for Keele’s method of
measuring nearfield sound pressure.
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Fig. 10—Nearfield pressure test set.
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Fig. 11—Distortion test set.

theme. The inside dimensions of the enclosure are 21 x 33
% 53 in. The walls should be made of 3/4-in. (or thicker) ply-
wood. Al the joints should be braced with glue blocks and
secured with screws and glue. Note the use of the 1 x 4in.
braces. These steps are to insure that the enclosure is free of
spurious rattles and resonances. The vent may be construct-
ed of 1/2- or 3/4-in. plywood or particle board.

The enclosure should be lightly lined on three of the in-
side surfaces (e.g. top, back, and one side) with an absorp-
tive material. The purpose of this material is to control
standing waves inside of the box; it is not for the purpose of
acoustic damping of the driver. Therefore, the material
should be used sparingly and kept away from the driver and
the vent. The principle “some is good, so more is better”
does not apply in this case.

The first box standing wave will be in the stop band of the
crossover filter. A small amount of damping material, to-
gether with the action of the crossover, will keep the stand-
ing waves from being excited by transient material such as
music. In the prototype system, one layer of 1/2-in. thick
polyurethane foam, similar to the type used for microphone
windscreens, was found to be sufficient.

The front panel should be secured to the enclosure with
plenty of screws. A gasketing material, such as Moretite,
should be used to seal the joint between the front panel and
the rest of the enclosure and to seal the joint between the
driver and the front panel.

The Crossover

Unless a huge amount of floor space is available, it is best
to use the sub-woofer as a bridged-center speaker. While it
is possible to realize a passive network to go between the
two power amplifiers, the two main speakers, and the sub-
woofer, the inductors and capacitors would have to be very
large and very expensive. The author was fortunate to have a
spare mono power amplifier and, so, implemented an active
crossover. The crossover consists of 3rd-Order Butterworth
(18 dB/octave) networks. The reasons for selecting this filter
type are beyond the scope of this text. (Author’s Note: |
wanted to use that line in a paper or article since | was a
sophomore in college; | hope the Kindly Editor leaves it in
the article. For a good discussion of crossovers, see Ashley &
Kaminsky.) 8(Kindly Editor’s Note: Sure, W.J.J., my pleasure,
particularly since my personal favorite line, Baranek’s Law, is
used later in your paper.) One problem with many active
crossovers is transient intermodulation distortion (TIM). The
author’s preamp and power amps are old TIM-free valve
units. Previous attempts to build the filters using monolithic
IC amps resulted in very bad “transistor sound.” These fil-
ters were redesigned using transistor emitter-follower cir-
cuits which were TIM-free.® * Standard 5% tolerances for
the resistors and capacitors are tight enough for a crossover
such as this one.

The Results

The prototype enclosure was assembled, and the CTS
15W38C was installed. The frequency response was mea-
sured using Keele’s nearfield soundpressure method.® The
response is shown in Figs. 8 and 9. The response of the com-
plete system (Fig. 9) is down 3 dB at 20 Hz which is as theory
predicted. The equipment set up used in this measurement
is shown in Figs. 10 and 11.

The system distortion was measured using Klipsch’s meth-
od 3 with the test set diagrammed in Fig. 11. Figure 12 is the
plot from the spectrum analyzer. The loudspeaker was radi-
ating two frequencies—f | of 27.5 Hz (AgJ/and f.of 82.6 Hz
(E;)—each at a SPL of 95 dB re20 u Pameasured at 1 m. The
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Avid makes the differences
in speakers cleat.

If you’rz a real stereo buff, you
know that flat frequency response
means flat, uncolored sound.

Like several other manufac-
turers, we too try to build the flat-
test, most linear frequencyresponse
we can into our speakers.

Bu: we don’t stop ther=.
Because we know that great sound
depends on more than just
frequer:cy response.

Transient response, for
instanca.

It’s all in your head

To understand transient
response, it's important to under-
stand how vou hear.

You see, you don’t really hear
with your ears. You hear with your
brain.

For instance, it’s the brain
that helps you identify what you’re
{istening to. The direction it’s com-
ing from. And that re-creates that
illusion: of “being there.”

The thinz is, every musical
note is really 2 complex tone. A
basic tene — the fundamenzal — plus
subtle musiczl overtones — har-
menics— that give every instrument
a mique

personality.

Neot on?y that, musical notes
are constantly starting and stop-
ping. Wher: they do, the number
and intensity of the harmcnics
change.

Ttis basic tone, together with
all those changing harmonics, is
called a transient. The brain takes
all of them into account in interpret-
ing any sound the ear receives.

On making things

The proof is in the
hearing

Now you know there’s a lot
more to a speaker than just flat
frequency response. Like good

5 transient response.
lmpel' fCCﬂy dear But even the best, most accu-
It's whena rate transient
speaker can’t react ’ | J response in the world
quickly or accurately ir— i J ' r——- isn’t the be-all and
enough to all those end-all of a superb
changing musical ! - speaker. There’s
notes, all those more.
transients, that distor- The point is,
tion can occur. we’re a2 company
And distortion that is committed to
means muddy-sound- cne thing and one
ing music. With lictle thing only. The
definition or clarity. | ,a : _ MM 5( design and construc-
A bad situation W ki t‘ g F"Jig@w"‘” tion of the clearest,
made worse when a ' Ll best-sounding stereo
speaker over-reacts speaker systems-in
:o all t";‘}}:e cha:kging i o ‘ ’! W theierrtice..rz’mge. i
ones. The speaker | A ut you’ve got to
actually adds tones of H ”ﬂh » ﬂ' m v hear for yourself. So
{

its own. And that’s
bad.
Most experts feel the best way
to measure transient response is
a with tone bursts. Pure tones
i of various frequencies are
rapidly switched on and
off to simulate the tran-
sient nature of voice and
instrument signals.
In Pattern A, the
speaker hasn’t repro-
duced accurately. It’s
completely overshot
the level of the input
signal. And the result
is a sizzling, hot sound.
Totally colored.

In Pattern B, the
speaker has taken too
long to react. This

“hangover” can cause

considerable blurrmg.
A So what you hear is
v dull and lifeless.

Now look at Pat-
tern C. The speaker here has
reacted both quickly and accu-
rately. And the result is excep-
tionalclarity and definition. The
kind that Avid builds into all
of its speakers.

"St\

£0 to your hi-fi store
and listen to an Avid.
Then some other speaker in the
same price category.

Then dec:de. We don’t think
you’re goir:g to have any trouble

at-all.

CORPORATION

10 Tripps Lane, East Providence, R.1. 82914 -
Distributed in©Canada by:
Kairon Electrenics, Montreal, Quebec.

&

Check ND. 5 on Reader Service Card



ALIGNMENT TABLE

Driver fs(Hz) Qs Vasllitres)  FgiHz) Ip(in) Fy (Hz) Rs(£2)
Altec

416-8A 22 0.25 840 22 95 22 3.6
CTS

15W54C 20 0.39 840 20 11.5 20 =
JBL

2205A 22 0.22 620 19 11.5 20 47

Fs is resonance frequency of the driver, Qrg is the total Q of the driver, Vas,is the compliance equivalentvolume, Fg is the
resonance frequency of the enclosure, lp is the length of the port, F; is the low frequency cut off, and Rs is the value of the

series resistor needed to trim the system.

total harmonic distortion was 2.6%, a tolerably low value.
More important, the modulation distortion was only 1.1%, a
very good value for a direct radiator system at such a high
output power.

The system impedance was also measured. The magnitude
of the minimum value of the impedance was 7.2 Ohm. An 8
Ohm rating would be justified for this system.

40 Conclusions

The measured response of the system is in reasonable
agreement with what theory predicted. So, from that point
of view, the project was successful.

Was it worth the trouble? The answer must be a qualified
yes. On most program material it is not possible to hear any
benefit from the sub-woofer. In this case it is not used, and
the smaller main system handles everything.

In the case of electronic music the sub-woofer is, for the
author, worthwhile. Switched-On Bach and other albums
have a wealth of program material in the range of the sub-
woofer. Of course, the author may be suffering from the ef-
fects of Beranek’s Law:

“It has been remarked that if one selects his own com-
ponents, builds his own enclosure, and is convinced that he
has made a wise choice of design, then his own loudspeaker
sounds better to him than does anyone else’s loudspeaker.
In this case, the frequency response of the loudspeaker

r f| =275Hz (Ag), 9548 SPL AT Im
t3=826Hz (E3), 9548 SPL AT Im

I\ %MD = 1.1% % HD=26%

] |

80 100 20 140 160 180 200
f (Hz)

Fig. 12—Plot from the spectrum analyzer.

seems to play only a minor part in forming a person’s opin-
ion.”—L. L. Beranek, Acoustics, McGraw-Hill, 1954, p. 208.
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Is 20 Hz low enough? How about 12 Hz? The author has
designed a system using the same basic enclosure, with a
different vent, and a CTS 18W54C. The system has an f; of 12
Hz. Thrill to the feel of 64-ft. organ pipes, thunder, earth-
quakes, and other natural disasters! For details, contact the
author. A
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“The ultimate distortion of the
T-100’s FM section was unevoc-
ally the lowest we have ever
measured. To this can be added
a really first-rate AM tuner sec-
tion, the likes of which we have
never before encountered in a
product of this type.”*

“There is no doubt that its stereo
channel separation and distor-
tion characteristics surpass
anything in our previous ex-
perience. Its AM frequency
response was not only, by far,
the flattest and widest we have
ever measured on an AM tuner,
it is sufficiently free of distortion
and noise to make it a truly
useful program source even for
high fidelity listening.””*
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Spending more won't buy a better tuner.

The uncompromniising quality of Accuphase makes
the T-100 AM/FM Stereo Tuner one of the finest
available. At any price. No qualifications.

From its unprecedented excellence in performance
to its unusually effective multipath meter, the T-100
is truly superb.

Prove it yourself. We've assembled a free 36-page
booklet of independent laboratory reports attesting
to the superior performance of Accuphase. It’s very
convincing. But the best way to be convinced is to
audition the T-100 yourself. Then you’ll understand
why the critical acclaim has been as impressive as
the product itself.

%CCUPLGSG

write: TEAC Corporation of America, 7733 Telegraph Road, Montebello, CA 90640
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Doppler Distortion in Loudspeakers

Of the many distortions produced
by loudspeakers, the most con-
troversial is probably Doppler dis-
tortion, some experts claiming that it
does not exist, while others, notably
Paul Klipsch and this writer, believe it
to be the predominant residual dis-
tortion in cone-type systems.

Researchers may theorize for years
over the subject of its existence and
significance, but actual measurements
of the distortion should short circuit
much of the discussion, particularly
when the argument against its im-
portance is based on unsupported as-
sumptions. This contribution includes
such measurements on a variety of
loudspeaker systems, many of the
measured values having the great ad-
ditional merit of being taken on the
speakers while they are reproducing
normal program material, speech and
music. In minimizing the use of the
standard sinusoidal test signal, it is be-
lieved that they set a new approach to
the measurement of distortion. A little
of the basic theory is perhaps a good
start to the subject.

Frequency Intermodulation
Distortion

Consider a loudspeaker reproduc-
ing two tones having frequencies f,
and f.with a frequency ratio of 20 to
one, then while the loudspeaker cone
is moving towards the listener to re-
produce one half cycle of the lower
frequency, f,, it will simultaneously
reproduce 10 complete cycles of the
higher frequency, f.. While the cone
is moving away from the listener on
the reverse half cycle of the lower fre-
quency, it will reproduce the second
10 cycles of the higher frequency. This
is the classical Doppler situation, the
pitch of the higher frequency as heard
by the listener being increased as the
source moves towards the listener,
and decreased as the source moves
away from the listener.

An observer listening to a signal fre-
quency, f,, from a source moving to-
wards him with a velocity, v, hears the

James Moir*

resultant note with a frequency, f',,
where,

,=f,{c+v)/c
and ¢ = velocity of sound in air. When
the source is moving away from him
he hears the note as having a frequen-
CYI

f”z=fz(c"V)/C

The velocity of sound in air is
around 1125 ft./s and the velocity of
the speaker cone generally below 10
ft./s but dependent, of course, on the
frequency and amplitude of the lower
frequency. Thus, the maximum
change in pitch (frequency) due to
the Doppler effect is in the region be-
low 1%. In FM transmission parlance,
the Modulation Index (defined as
Carrier Frequency Deviation + Mod-
ulation Frequency) is very low.

When the moving source is a loud-
speaker diaphragm executing a sinus-
oidal motion at the lower frequency
while reproducing a high frequency
tone, the pitch of the high frequency
tone as heard by the listener will vary
cyclically between the two [limit fre-
quencies quoted above at the fre-
quency (f) of modulation, a simple
example of frequency modulation.
The mathematics of this are well un-
derstood, the known result being the
appearance of two sidebands, sym-
metrically disposed about the carrier
frequency, f,, at frequencies (f,+f,)
and having amplitudes that are an in-
dication of the extent of the Doppler
distortion. It is necessary to differ-
entiate between the value of the carri-
er frequency shift, Af, measured in
Hertz, and the frequency at which the
sidebands due to this shift appear. The
carrier shift is an indication of the ex-
tent of the Doppler distortion, and it
is at its acceptable limit when it is only
20 to 30 Hz. The sidebands are always
spaced from the carrier at the fre-
quency of the low frequency modu-
lation, f,, irrespective of the amount
of Doppler distortion, because the
carrier frequency deviation is cyclic at
this modulating frequency. Measure-
ments of the Doppler distortion are

made rather difficult because there is
a second form of distortion that
produces sidebands at exactly the
same frequency as the Doppler
mechanism.

Amplitude Intermodulation
Distortion

These similar distortions appear
when the same two-frequency test
signal is applied to any device that has
a non-linear input/output character-
istic. If two sinusoidal voltages, V= V
sin (2xf,t) and V, = sin (2xf,t), are si-
multaneously applied to a device hav-
ing a transfer characteristic represent-
ed by the power series,

Vo=a,V+a,Vi+aVita, V4 (3)
the output will include in addition to
the harmonics of the two test tones, f
and f,, two sidebands having fre-
quencies of {f,+f,) and (f,-f,) with am-
plitudes in proportion to the coeffi-
cients a, and a, etc., in Equation 3. It
will be seen that the frequencies of
these two sidebands are identical to
those produced by Doppler frequency
intermodulation but the amplitude of
the two sidebands is determined by
an entirely different factor, the
degree of amplitude non-linearity in
the device. The extent of this non-
linearity is indicated by the value of
the coefficients a, and a, in the power
series of Equation 3. The sideband fre-
quencies produced by this amplitude
dependent intermodulation are sub-
sequently referred to as the A.I.M.
sidebands. These A.1.M. sidebands are
produced in loudspeakers by non-
linearities in the suspension, non-uni-
form distribution of the magnetic
field in the gap, and at higher fre-
quencies by non-linearities in the
cone material and in the magnetic sys-
tem.

The distortion spectrum that results
from applying two separate test fre-
quencies is in the simplest example
like that shown in Fig. 1. The two side-
bands, f,+f,, have amplitudes that are

*James Moir & Assoc., Chipperfield, Herts.
WD4 9)), England.
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the sum of the Doppler and ampli-
tude modulation components,
whereas the f, £ 2f, are almost invari-
ably due to amplitude intermod-
ulation alone. the remaining two
distortion components are the first
two harmonics of the two test fre-
quencies f, and f,.

It should be remembered that the
presence of the amplitude dependent
sidebands implies the simultaneous
presence of the ordinary harmonic
distortion components having fre-
quencies of 2f,, 3f,, 2f ,, 3f,, etc. These
have no equivalent in the trequency
intermodulation case, so for equal
amounis of distortion power in the
Doppler and A.I.M. sidebands, the to-
tal distortion power due to the ampli-
tude dependent distortions, the har-
monics and amplitude intermodu-
lation components, will usually be
much greater than the total distor-
tion power in the Doppler sidebands.
The first order intermodulation
sidebands having frequencies
of f,*f,, due either to Doppler
or amplitude intermodulation, are
seen to form only a small part of
the total distortion power, but their
effect in degrading the quality of the
sound is not indicated by merely com-
paring the total power in the ampli-
tude distortion components to the
power in the Doppler distortion com-
ponents. Critics have sometimes
based their estimation of the im-
portance of Doppler distortion on a
comparison of the respective powers
in the distortion products and on this
basis come to the conclusion that
Doppler distortion is not significant,
but this cannot be justified.

It has generally been considered
that the amplitude dependent dis-
tortions were the prime cause of
much of the residual distortion in
loudspeakers. Perhaps it should be re-
membered that it has never been con-
clusively demonstrated that the addi-
tion of the lower order harmonics
alone results in any significant loss in
sound quality. Thus, violins of un-
questionable tonal quality differ
markedly in their harmonic structure.
The quality deterioration that is evi-
dent when harmonic distortion is
present in an amplifier or loudspeaker
is more reasonably assumed to be due
to the sidebands components (f.f)),
(f2£21)), etc., that inevitably accompa-
ny harmonic distortion in a loud-
speaker, but do not accompany the
harmonics in musical instruments.

Measurement Technique

Separate determination of the am-
plitudes of the amplitude inter-
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Fig. 1—Spectrum of Doppler distortion on a 7-

in. loudspeaker.
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Fig. 2—Block diagram of the two-tone test
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Fig. 3—Block diagram of the modified “on
program” test equipment.
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modulation and Doppler sidebands
has evidently proved difficult if
judged by the complexity of some of
the techniques that have been used.
The technique to be described pro-
vides a simple method that not only
separates the two sets of sidebands
from each other even though they
have the same frequencies, but allows
the Doppler sidebands produced by
the loudspeaker to be separated from
the music being reproduced by the
same loudspeaker.

Our technique is to insert an ampli-
tude limiter and FM discriminator de-

signed for a carrier frequency of 3 kHz
into the measuring system. This par-
ticular carrier frequency was chosen
as it allows the data obtained to be
compared with that obtained by other
investigators when assessing the sub-
jective effect of wow and flutter, a
very similar form of frequency inter-
modulation distortion.

The arrangement of the test equip-
ment is shown in the block diagram of
Fig. 2. Test signals are provided by two
Bruel & Kjaer type 1014 signal gener-
ators, adequately decoupled and fed
via a Quad type 303 50-watt amplifier

4" (10.1cm) DIAMETER

MUSIC:

LOUDSPEAKER "ALSO SPRACH ZARATHUSTRA"
Q .
58 9048 7048
Z2
us
Su
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e Ol F Y {-30d8 &2
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Q W
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=y ~-4008 2
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= J -50dB
Fig. 4—Doppler distortion on two loud-
speakers: 4A (top) with a 4-in. (10.1 cm) and, 4B
(bottom) a 7-in. {17.7 cm) speaker.
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to the loudspeaker under test
mounted in the open air. The output
signal from the loudspeaker is picked
up by a Bruel & Kjaer type 4131 micro-
phone mounted on the axis of the
speaker at a distance of 1 meter, am-
plified and then fed in parallel to the
3-kHz limiter and discriminator and to
a Marconi type 2330 narrow-band an-
alyzer. Meter M checks the ampli-
tude of the two separate input signal
components f, and f: and the total
amplitude of the combined signals,
meter M: reads the FM distortion
components only, while Meter M; in-
dicates the amplitude of each of the
individual components of the speaker
output signal spectrum. The reading
of M, is proportional to the frequency
deviation of the carrier f,. This is re-
lated to the modulation index, M, by
the snmple relation,
(_\fz x f,)/1,

With the narrow band analyzer
switched to the output of the micro-
phone amplifier, it will read the rms
sum of the amplitude intermodu-
lation and frequency intermod-
ulation components at that parti-
cular frequency. When switched to
the output of the discriminator, it will
read the amplitude of the FM com-
ponent only. The amplitude of the
AM component can be determined
by subtracting the FM component
from the total. In the first test to be
described two sinusoidal tones were
used for the investigation, a low fre-
quency signal around 70 to 90 Hz with
a high frequency signal of 3 kHz being
employed.

Test Samples

Three speakers of different sizes
were used for the preliminary investi-
gation but the data is typical of many
other speakers tested. The choice was
biased towards demonstrating the ef-
fect of radiator size on the AM and
Doppler distortions.

The first unit tested was a 12in. (30.4
cm) cone speaker covering the full
audio range mounted in a ported en-
closure having a volume of 3,200 cu.
in. The second was an enclosure of
1498 cu. in. using a single 7 in. (17.7
cm) diameter unit to cover the full
range. The third was a 4 in. (10.1 cm)
diameter unit in an enclosure of 400
cu.in.

All three systems were operated at
an on-axis sound pressure level of 85
dB at the modulating frequency f; of
90 Hz. It is appreciated that this may
be a little below the sound level at
which the hi-fi enthusiast may operate
his system but it enables the perform-
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They wrap the sound around you.

Most unusual speakers.

You can listen anywhere in the
room and hear the same stereo image.
No other speakers to our knowledge,
can do that for you.

With conventional speakers you
have one “ideal” position from which
to hear maximum stereo imaging. Move
out of that position and the stereo image
changes: the music sounds different.

Not so with B.E.S. Geostatic™
speakers. Because they're omnipolar

there is no “beaming”; they spread all
frequencies in all directions. So no
matter where you are in a normal
reflective room you hear the identical
stereo imaging; the illusion of “live”
three-dimensional depth.

How is it done? The new Bertagni
technology—22 U.S. and world
patents eliminate directional cone
drivers and bulky enclosures. (B.E.S.
speakers are only 3% inches thin.)

You must hear them. Wrap your

arms around a pair of Geostatic
speakers and take them home (any
B.E.S. dealer will let you). Listen in
your own room.

Then hear what happens.

Bertagni
Electroacoustic
Systems

345 Fischer Street. Costa Mesa. California 92626 (714) 549-3833
¢ 1976 by Bertagni Electroacoustic Systems. Inc.

The New B.E.S. Geostatic Speakers

You've never heard omnipolar sound before.

Check No. 7 on Reader Service Card



10 sound reasons to

- buyour new receiver:

Sony'snew, mor2
powerful STR-€800SD
receiver shculd get a
war recepllion. Bzcause
it not only lsoxs diffe-ent
from other r=ceivers, it is
different.

It has som= features
found in me-e expansive
separate companents—and
other featuras found
nowhere el<2 at all.

The most-used con-

e trols all in one place.
Electronica v, i would have
been conveaiert for Ls to s=at-
ter the levelcortral, tuning
knoo and input and tepe se ec-
tors all overour reeiver. Instead
we grouped -hem i1 the upper
right-hand cornar—so theyr=
convenient Bor voL.

2 A dial pcinter that dou-

e bles in length when iv’s
close to astaticn. Together with
the signal strength meter anc tae
cen-er charmel meter, this Sony
innovation constitutes a syszem that
helps you tLe taster and more
accurately.

A muting switch —great if

the phone rings. Flick it
cown and vo ume drops. Flick t
back up and volume go=s bak up to
where it was. A1d this muting switch
is right where it shoulc be —rigt
rext to tre level contro .

A stepped level control to

ekeep both cha:inels equal.

[t guaran-ees unprecedented a=cu-
racy—to within % db i-stead of 1 do.
Anc it guarentees it ovar thewole
wolume range instead o7 just ir mid-
volume.

MGS PET front end elec-

e tronics unitized tunimng.
The z-gang turing section and all it3
asscciatec elsctronic parts are
mounted on onz sub-assembly. So

temperature diffe-ences dont affect
these circuits—the receiver tunes
the same whazher {'s —old or warmed
up. And, with VIOS FET, the receivar
has a very wice dy 1anic range.

Dolby noise reduction

e system. As no-e and more

stations broadcast n Dolby, you can
really Lse a Dolby syszem. Axd ou-s
has a definite advantege: Irstead of
being an opt enal 2xtra, it's built in—
operated from the front pand.

Phase loclzed loop. It

gives you greate- stereo sepa-
ratlon and less diglorticn.




LEC (low emitter concen-
o tration) transistor. Th's
piece of advanced desigr in the
preamp phono stage assures you
tight RIAA equelization plus low
noise, low distcrtion and a wide
dynamic range. It's a Sany exclusive.
An acoustic campensator
e for easy contrcl of highs,
lows and middles. A conven-
tional loudness control enly lets you
boost bass. Our acoust ¢c compensa-
tor has three positiors: For true

And more.Te these
soecifications (remem-
/ ker we state them con-
serwatively), adc Sony's
/ pravan ~eliabilitw And
f you get a receiver that
FUNCTIOmN / pradices a sound that'll
o O M o, ‘ make you understand why
< i yOUu 1ave 22rs.
| That’s the STR-
68005C at $300. Or, for less
power and a “ew less features
— but 7o loss of fidel ty—the
STR-5&00S[r 2t $500 and the
STR-48208Da: $400 (2all sug-
an gested r=tail prices).
A soundirvestment.

loudness compensation, for bass
boast and for mid-range preser ce.
1 Sony’s most powerful

e receiver. It delivers §0
watts minimum RMS continuGus
power per channel at 8 ohms trom
20 Hz to 20,000 Hz with no more :
than 015% total harmnonic distortion.
It has a direct-coup ed power ampl#
fier with true comp ementary sym-
metry output stages.

v Zveck No. 31 on Reader Service Card
© 1975 Seny Corp. of Arerica. Sony, 9 W. 57th St., [Y. 100 9. SON* isa trademark of Sony Corp.
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ance of the three systems to be com-
pared at the same sound level without
grossly overloading the smaller units.
In all cases the level of the lower fre-
quency, f,, was varied over a range
sufficient to confirm the expected re-
lation between sound pressure level
and distortion.

Test Data

The 4-in. diameter unit happened
to be the first to be measured, and the
result was rather surprising for the cal-
culated values of Doppler distortion
agreed almost exactly with the values

measured by the analyzer, the side-
band amplitudes being the same
when the analyzer was connected ei-
ther to the output of the microphone
amplifier or to the output of the dis-
criminator. This implies that all the
(f,=f,) sidebands were due to Doppler
distortion and that the amplitude in-
termodulation contributed little to
the total amplitude of the sidebands.
Our initial surprise led to some very
careful rechecking of the whole mea-
suring system and of other speakers,
and we gradually came round to the
obvious conclusion that practically all
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>« 90dB - 7 0dB
Lo
pd
w =
55
o u 8l 4 -104d8
Yy 8od 2
w =5
-
ga =5
- 7048 - --20d8 3
02 Se
7))
— u.O
x O -30d8 ©F
g 06 o8
a >0
o 04r wa
o - -40dB -
& 02
Ol -
= - -50dB
Fig. 5—Doppler distortion comparisons
between 5A (top) a 12-in. loudspeaker and, 5B
(bottom) an electrostatic speaker.
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Table 1—Intermodulation Distor-
tion in Typical Speaker Systems.

Cone Amplitude  Frequency
diameter (dB) (dB)
(in.)
4 -40 -16
7 -41 -25
12 -43 -41

the intermodulation distortion in
small units was due to Doppler.

Data on three systems is contained
in Table 1 from which it will be seen
that when using a speaker with a cone
diameter of seven inches, the Doppler
intermodulation distortions exceeded
the amplitude intermodulation dis-
tortions at the same frequencies by 16
dB, confirming the theoretical pre-
diction that when operated at the
same acoustic power level small
speakers produce more distortion
than do large speakers. The oft re-
peated claim that a small cone per-
forming a large excursion is just as
good as a large cone executing a small
excursion is seen to be an over-sim-
plification of the situation. The acous-
tic signal “knows” whether it has
been radiated by a small loudspeaker
or a large loudspeaker. It should be
emphasized that the use of “long
throw” units with very flexible linear
surrounds is no solution to the Dop-
pler distortion problem, though their
use does minimize the amplitude de-
pendent intermodulation distortions.

It will also be seen that in typical
units having cone diameters less than
about 12 inches, the Doppler dis-
tortion sidebands greatly exceed the
amplitude intermodulation side-
bands. As the previous discussion
shows that these Doppler distortion
components have the same frequency
as the distortion components due to
amplitude intermodulation, it is ap-
parent that in the typical units tested
Doppler distortion is a more serious
cause of sound quality degradation
than is amplitude intermodulation,
quite contradicting the generally held
view.

However, the interesting aspect is
the possibility of measuring the Dop-
pler distortion while the loudspeaker
is reproducing program material.
Two-tone testing, using sine wave sig-
nals, produces accurate data that ap-
plies in the test conditions, but it re-
quires a semi-arbitrary choice of the
test tone frequencies and their rela-
tive amplitudes. Even with this infor-
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Micro-Acoustics 2002-e cartridge.

Because good tracking isn't enough.

Tracking is just the beginning.

While good tracking ability is vital, it's only an
indication of how well the stylus keeps contact with
record grooves on louder, harder-to-follow passages,
at stylus pressures low enough to minimize wear. But
surprisingly, tracking ability tells almost nothing about
how well a cartridge reproduces most musical sounds.

Transient ability is just as important.

After all, transients are what music is made of:
sudden start-and-stop bursts of sound at all

frequencies. From the
attack of a low organ

HIGH-QUALITY CARTRIDGE WITH
1000uuF CABLE CAPACITY
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Transient ability best defines how accurately a cartridge can
reproduce a musical burst at different frequencies. {(Note that the
2002-¢’s results are independent of cable capacity!)

A simple way
to convince yourself.

Micro-Acoustics has prepared a

note to the bite of
a plucked string.
Transient informa-
tion is essential to
differentiate the
sound of one
instrument from
another, and in stereo,
to localize instruments in space. That's why,
without good transient ability, no

cartridge can reproduce music with really
lifelike clarity.

Until now, it was simply one or the other.

Tracking or transient ability. Popular high-compliance
cartridges, on the one hand, offered good tracking
ability and low record/stylus wear, but sacrificed
transient ability. And low-compliance cartridges
provided good transient ability at the expense of
tracking ability and increased wear.

A new technology.

Micro-Acoustics, the world’s leading manufacturer
of record-mastering styli, has combined for the first
time superb transient and tracking ability. In the
radical design of the 2002-e (patent pending), direct-
coupled electrets and critical damping provide
optimized transient ability, as shown in the graph.
While an ultra-low-mass beryllium stylus bar and
high-compliance dual-bearing suspension provide
maximum tracking ability at 1 gram, for lowest
possible record and stylus wear.

unique demonstration record to
help you evaluate and compare
cartridge transient and
tracking ability. Just send
$3.50, and we'll mail you
a record postpaid. For free
information and the name
of your nearest dealer, just
complete and return the coupon.
1 Low mass body (4 0 grams) reduces warp (Iuner@pure gold connecting wires (3) mechanical
damper (one of 8} helps optimize transient and tracking ability(4 jretainer spring for precise
stylus assembly alignment (§ Jelliptical diamond stylus ground with the same precision as our
famous Micro-Point recording styli 6)beryllium stylus bar 35% lower mass than aluminum: for
optimum high-frequency tracking and transient ability( 7 dual bearings and resolver for
optimum tracking ability and precise signal resolution (8  direct coupling of stylus bar to electret
for lossless transmission of groove undulations to transducers(9)user-replaceable stylus
assembly 'l@,electret transducer permanently polarized dielectric generator, linear from

5Hz 50kHz (I 1) microcircuit, passive circuit makes cantridge output impedance fully resistive,
eliminating effect of cable capacity. shunts preamp input.Ireducing thermal noise

®
I'l a MICRO-ACOUSTICS CORPORATION

MICRO-ACOUSTICS CORPORATION
8 Westchester Plaza
Elmsford, N.Y. 10523

List Price: $115.00

|
I
| { )Please send me free information on the 2002-e
[ cartridge. and the name of my nearest dealer
( ) Enclosed is $3.50. Please send me a postpaid
| copy of your stereo transient/tracking ability
| test record
I
I
I
|

NAME
ADDRESS
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mation, it is necessary to decide
whether these conditions are relevant
when reproducing music. It occurred
to this writer that it should be possible
to measure the extent of the Doppler
distortion while the loudspeaker was
actually reproducing music, the tech-
nique being as follows:

The block circuit diagram is shown
in Fig. 3, a modified form of the cur-
rent shown in Fig. 2. A flutter-free,
3-kHz test signal is inserted in the mu-
sic program by inserting a notch filter
tuned to 3 kHz into a suitable point in
the output of the tape recorder to at-

3 UNIT MONITOR WITH 2kHz
CROSSOVER FREQUENCY

tenuate the 3-kHz components of the
music, and replacing these with a
3-kHz, flutter-free tone from a suit-
able signal generator. The amplitude
of this test tone is held constant at
some suitable value.

When the music is being repro-
duced, the cone excursions due to the
low frequency components of the
music Doppler modulate the 3-kHz
test signal in just the same manner as
they modulate any high frequency
component of the music. The loud-
speaker output signal derived from
the microphone is then passed
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Fig. 6—Characteristics of Doppler distortion
with three-unit speakers showing: 6A (top) a 2
kHz and, 6B (bottom) the 3 kHz crossover.
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through a band-pass filter that elimi-
nates all the frequencies except those
in a narrow band centered on 3 kHz
and including the Doppler modulated
3-kHz test signal. This narrow band is
then passed through the 3-kHz demod-
ulator and the amplitude measured
by a suitable meter and chart record-
er.

To obtain simultaneous recordings
of the program signal and the con-
sequent distortion, the chart recorder
was switched to the output of the mi-
crophone and a standard piece of mu-
sic replayed from a professional 15 ips
tape recorder. This produced the top
trace on the charts, as shown. The
chart and tape were then rewound
and the music repeated with the chart
recorder connected to the FM dis-
criminator output. This produced the
lower trace showing the variation in
the Doppler distortion as the signal
amplitude varied.

Figures 4, 5, and 6 illustrate some of
the information obtained on several
speaker systems including several very
expensive enclosures. The curves of
Figs. 4A and 5A illustrate the results
obtained using 4-in. and 12-in. diame-
ter units in suitable enclosures, and it
will be seen that Doppler distortion in
the smaller unit is about five times
higher than in the 12-in. unit.

No self-respecting designer would
rely today on asingle unit to cover the
whole audio band, and two, three,
and four unit assemblies are the com-
mon solution to the problem of ob-
taining a wide overall frequency re-
sponse. It is often claimed that this di-
vision of responsibilities is also a solu-
tion to the Doppler distortion prob-
lem, but the curves of Fig. 6 show that
this is not necessarily true.

Figure 6B is an indication of the per-
formance of an expensive three unit
system with a sub-optimum choice of
changeover frequencies and cross-
over network design. It will be seen
that the performance is little better
than that of a single 12-in. unit, at least
in respect of Doppler distortion, the
Doppler distortions being some 30 dB
below the level of the 3-kHz test tone.
That a multiple unit system can be a
solution is indicated by the curves of
Fig. 5B taken on a well-known, wide-
range electrostatic speaker system.
The Doppler distortions are seen to
be about 45 dB below the test tone
level, some 15 dB better than the ex-
pensive 3 unit system of Fig. 6B.

Significance of Doppler Distortion

That Doppler distortion does occur
can hardly be disputed in view of
these and similar results published by
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Until recently, you could
consider the selection of
speakers an act of faith.

Because of the lack of in
dustry standards and the
resulting confusion in the mar-
ketplace, the speaker buyer
had to depend almost totally
on personal taste and subjec-
tive evaluation.

But no longer.

At Yamaha, before we de-
signed a new line of speakers
that would equal the revo-
lutionary standard of our elec-
tronic components, we first
defined our goul:

High accuracy across the
musical spectrum. One of the
few objective criteria for rat
ing speaker performance.

Then we proceeded to make
all Yamaha speakers to a sin-
gle revolutionary standard of
aceuracy:

A frequency response curve
that varies by no more than
+3dB from 100 Hz to 15.000 Hz.
With typically nomore than
1% harmonie distortion.

But since the frequency
range of all our speakers ex-
tends well below 60 Hz to
beyond 15,000 Hz, why do we
even bother mentioning this
figure?

Because, with the exception
of the very deepest rumblings
of a pipe organ, all music is
produced within this range.
In fact, few if any commer-
cially available stereo press-
ings have frequencies below
100 Hz and above 15,000 Hz.

Yamaha’s success in achiev-
ing a single standard of accu-
racy in all our speakers is
confirmed in the chart above.

Unlike the frequency re-
sponse curves of ot her speaker
manufacturers which indicate
unnatural booming in t he bass,
added sparkle in the treble.
and extreme loudness level
variations of as muechas 10 dB,
Yamaha's frequency response
curves show a relatively
straight line, which indicates
uncolored, natural sound.

Yamaha's musical heritage.

Yet, in spite of Yamaha's
objectivity in design, the per
ception of sound remains
subjective.

That's why Yamaha speak
ers aren't designed to meet
objective standards alone, but
to meet a higher standard: the
ears of the people who make
Yamaha's world-famous musi-
cal instruments.

PART TWO:
HE END OF THE DOUBLE STANDARD.

In the frequency range where you find most music, our least expensive
speaker offers virtually the same flat frequency response
and freedom from distortion as our most expensive speaker.

’ S
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While many manufacturers offer aceurate reproduction anly in their top-end speakers.
Yamahu brings you an extremely high degree of aceuracy in all models throughout the line

The above curves. comparing the NS-1000 with the N§-2, were recorded under the following condinons
1. Equipment used — liruell & Kjaer (B&KI 1133 microphone, 1022 pscillator, 2113 spertrometer, and 2305

rpvorder

2. Input — A “pink” nuise source was used with an mput level of 3 watts (significantly higher,

mare rigarous, aml more closely corresponding to aetnal hume listening levels than the commonly used

industry standard of | watt 3. Measurement

Each loudspeaker was pluced in a “free field” (off the

floor and no closer than 5 feet to any wall boundsry in an average size listening room). A multiplicity of
curves were taken at various points in the listening room and averaged, to produce the fotal energy

urves pictured

Since 1887. Yamaha has been
making some of the finest mu-
sical instruments in the world.
Pianos, organs, woodwinds,
guitars, and brass.

With our musical instru-
ments, we've defined the
standard in the production of
fine sound. And now, with our
entire line of speakers and
electronic components, we've
utilized not only our studio en-
gineers, but also our musical
instrument designers to de-
fine the standard of musiec
reproduction.

It's called Natural Sound.
And it’s totally unique to
Yamaha.

Five different speakers,
built to one standard.

Yamaha offers five different
speaker models, ranging in
pricefrom $1,350 apair down to
$200 a pair.

At the top. the revolution-
ary beryllium dome NS-1000
Series, offering the ultimate in
state-of-the-art performance.
Following the NS-1000 are our

other three-way types: the
NS-690,NS-670, and NS-3. Our
least expensive, but still highly
accurate,is the two-way NS-2.

Since each is built to the
same high quality standard,
youre probably wondering
what those extra dollars are
buying.

It’s very simple.

To satisfy the most demand
ing audiop hiles. those extra
dollars buy extended response
at the frequency extremes.
Higher sound levels with equal
or lower distortion. More
power handling capacity. More
tone controls to contour the
tonal balance of the speakers
with the characteristics of the
room.

More specifically, on our
model NS-670 and above,
Yamaha offers die-cast speaker
frame baskets to eliminate po-
tential resonance. Luxurious
wood enclosures (even rare
ebony wood!). Tangential-edge

©YAMAHA

suspension for midrange and
tweeter domes to provide
smooth response. Acoustic
equalizers on tweeters to flat-
ten frequency response and
enhance dispersion. Diago
nally edge-wound voice coils
for greater diaphragm control
and increased transient re-
sponse. Plus thick felt lining
inside the cabinetry to isolate
rear sound waves for distor-
tion-free bass response.

But regardless of how much
you pay, every Yamaha
speaker is built to the same
essential construction criteria
and tonal accuracy.

Proven acoustic suspension
design. Dome drivers for bet-
ter high frequency dispersion.
Carefully matched crossover
networks. And heavily rein-
forced, extremely rigid en-
closures.

The End of the
Double Standard.

The single standard of per-
formance found throughout
the entire line of Yamaha
speakers is a demonstration of
product integrity that no other
manufacturer can claim.

But in the final analysis,
only your ears can be the
judge.

That's why we invite you to
visit your Yamaha audio dealer
soon. His knowledgeable sules-
men and extensive demonstra-
tion facilities can save you
time “and trouble in selecting
the speaker that's right for
vour budget. And right for
your ears.

International Corp., PO. Box 6600, Buena Park, Calif. 90620

Check No. 35 on Reader Service Card



Klipsch, but it is more difficult to de-
cide on the significance of the dis-
tortion when it occurs in a loudspeak-
er. It is clearly unreasonable to claim
that it is less important than amplitude
intermodulation distortion where the
measurements show that the inter-
modulation sidebands produced by
Doppler are of greater amplitude than
the amplitude intermodulation side-
bands at the same frequency that re-
sults from non-linearity in the loud-
speaker.

We attempted a separate assess-
ment with a small listening crew. The
Doppler sidebands in the 3-kHz re-
gion were removed from a recording
by suitable filters and tape recorded.
Amplitude dependent sidebands in
the same frequency band were sim-
ilarly obtained by filtering the output
of a slightly overloaded amplifier
playing the same piece of music. The
two sets of recorded side bands were
then compared while being replayed
at the same loudness level. Both ob-

Anatomyof a s tape recorder

Hysteresis Electro-magnetic
Automatic three-motor braking prevents
shut-off drive tape spillage
Audaes 10” NAB
Neoprene reels
head mount (or5"or7
for good standard)
alignment Only seven
moving
Heavy, parts
3/16” plate .
for good One-piece,
alignment 4Y2 pound
flywheel-
and-capstan
Pre;f:;ﬁ Computer
improves loglc.
contact permits
any
command
; sequence
Plug-in
electronics Remote record Remotable

for no-thump recording

Two channel record/playback capability. (Other models with
four, two or one channels; V4, ¥2 or full track; playback only.
Extra performance options available.)

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

Fast playback coupon

Name
Address

crown

Box 1000, Elkhart IN 46514

When listening becomes an art,

Send directly to Crown for
specifications on Crown tape recorders.

A-5

tate Zip

Check Nc. 9 on Reader Service Card

servers were agreed that the Doppler
sidebands were more annoying than
an equal percentage of the amplitude
intermodulation sidebands. That they
should be more annoying than an
equal percentage of amplitude inter-
modulation distortion is rather sur-
prising and no explanation is offered,
but the result is recorded for later
consideration.

Some lower key confirmation was
provided by a review of some earlier
tests. Several months before the com-
mencement of the investigation,
three good loudspeaker systems had
been subjectively compared and
ranked by two observers. Some
months later when the Doppler mea-
suring equipment had been assem-
bled, the three systems were ob-
jectively assessed. It was then found
that the earlier subjective ranking in
respect to “‘roughness’ agreed exactly
with the later objective ranking in re-
spect of Doppler distortion. By that
time both observers had considerable
experience in recognizing Doppler
distortion in a loudspeaker and they
were agreed that the ‘“roughness”
commented on many months earlier
was indeed due to Doppler.

Though we have not had an oppor-
tunity of objectively assessing the
Doppler distortion content of a good
horn-type loudspeaker, we believe
from simple listening tests that their
characteristic clarity is largely due to
the absence of Doppler distortion.
The same comment can be made
about the performance of the wide-
range electrostatic loudspeaker.
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bution to Wireless World for April,
1974, and is again up-dated by the
present paper. 4
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Not everyone can sell you a receiver
that looks as good as this.

The RS4744 is the top stereo Active high- and low-cut filters
receiver in our line. And we think that have a
it looks good from any angle— sharp12dB/ et
value, performance and specs. octave slope ) ~ A
Audio magazine said ‘... we to reduce g R ——
note that Amplifier Rating noise and ) — /\7 ]
most re- BT S T o s rumble with
celvers In | Total harmonic distortion 0.25% minmmum . E— - T ]
this price i i;?:::o‘wer R Rating effect on music. Tone control action
range offer savle sersitiviy (IHF) . In the tuner section, you'll find
less power | e features such as a phase-locked
(usuaIIy 50 Signal /noise ratio 100% mod. 67 dB IOOp for Iong- |
or fewer Typical specifications term Stabil' L -
watts per channel) and don't ity. An IHF .
have as many control features as sensitivity of %{u[ =
this top-of-the-line entry from 1.8 wV and a N
Sylvania.”’* 3.0 1V level e —
But, ey for S0dB | -
don’t just ) 2 1 quieting. FM Quieting
take other And the front panel doesn’t
people’s : ; get by on just its good looks
word for it, 5 A alone. Its functionally designed
check the 1 pushbutton bank puts a wide
specs out ’ ) ) range of
for yourse”_ Power from 20 Hz—20 kHz control
Power output of 60 Watts min. capabili-
RMS per channel at 8 ohms from ties right
20 Hz to 20 kHz with no more at your
than 0.25% . SE E. fingertips
total har- e for mode Functional design
monic dis- =t selection, scratch and rumble
tortion. s . @ Lt filters, three-stage FM muting
Three T Active tone controls | and loudness control.
wide-range tone controls that let Listen to the RS 4744 at your
you tailor bass, mid-range and Sylvania dealer’s today. You'll
treble response to your speakers, find its specs sound every bit as
room and ears. good as they look.
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McKay Dymek AM-5 AM Tuner and DA-5 AM Antenna THD, 1 kHz Modulation: 0.5% at 30% mod.; 1.0% at 50%
MANUFACTURER’S SPECIFICATIONS AM-5 Tuner mod.; 1.5% at 80% mod.

Sensitivity: 3 uV for 10 dB S/N. Audio OQutput: 1V rms, (5000 Ohm output). Power Require-
AGC Characteristics: Less than 6 dB output variation from ments: 110-120/220-240 V/a.c., 50/60 Hz, 30 watts. Net
10 #Vto 10 mV r.f.input level. R.F. Bandwidth —3 dB: Nar- Weight: 8/ |bs. (3.97 kg). Dimensions: 17 4in. (44.5 cm) W

row, 6 kHz; Wide, 20 kHz. Image Rejection: 70 dB. x 3% in. (8.9 cm) H x 10 in. (25.4 cm} D. Suggested Retail
Adjacent Channel Rejection: 70 dB. Price: $295.00. (Also available with balanced 150-600 Ohm
I.F. Rejection: 45 dB. output at extra cost. Supplied with wood ends or 19-in. rack
Frequency Response: Wide, 15 Hz to 9 kHz, —3 dB. mount.)

DA-5 Antenna

Frequency Range: 540 to 1600 kHz.

Output Impedance: 50 Ohms.

Sensitivity Adjustment Range: 40 dB.

Type: Tuned preamplifier with shielded ferrite loop.
Ferrite Rod Dimensions: 12 in. (30.5 cm) L x 34in.
(1.9 cm) diameter.

Overall Dimensions: 13 3/8 in. (34 cm) W x 9 1/16 in. (23.3
cm) D x11in. (28 cm) H.
Weight: 6°/1bs. (3.06 kg).
Suggested Retail Price: $175.00.

Before everyone experiences a collective deja vu, let me
reassure you all that, yes, you have seen a pair of similarly
configured McKay Dymek products in Audio magazine be-
fore. The McKay Dymek AM-3 tuner and DA-3 antenna
were tested and reported on in the December, 1974 issue of
this publication. While we do not know what ever hap-
pened to (or if there ever were) AM-4 and DA-4 McKay Dy-
mek models, we can attest to the fact that the AM-5 and DA-
5 units tested here represent more than just a cosmetic
change and a price increase (the AM-3 used to sell for
$255.00, while the antenna sold for $155 in its earlier ver-
sion). As impressed as we were with the old AM-3, we are
happy to advise all you AM fanciers that the AM-5 is even
better. Specifically, the AGC circuit is “tighter’” and fre-
quency response is actually somewhat more extended than
before. But perhaps we’re getting ahead of ourselves (par-
ticularly for newer readers of Audio who may have missed
the earlier reports). Countering the trend towards mediocre
AM circuitry normally found in high fidelity components,
George McKay of Pomona, California introduced the Dy-
mek tuner (originally built overseas) to the AM-DX buffs of
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America a few years ago. They welcomed it enthusiastically,
confirming what they had long suspected: that AM radio
can be hi-fi if a proper receiver is used and if AM radio sta-
tions take the trouble to lease high-fidelity telephone lines
between studio and transmitter. Inspired by this early suc-
cess, McKay now manufactures the latest version of the
tuner (the currently tested AM-5) and the unusual DA-5 AM
indoor antenna in the United States.

The newest version of the tuner looks very much like the
high fidelity component it is. The black metal panel, framed
at each end by attractive teak wood end panels, has a long,
well-calibrated (if dimly illuminated) dial scale, large tuning
knob, and signal strength “S”” meter along its upper half.
The lower left section of the panel has five rectangularly
shaped metal push-buttons which turn power On and Off as
well as select distant or local reception (in the local position,
30 dB of attenuation is inserted in the antenna input cir-
cuitry) and between wideband or narrow band operation of
the i.f. filter.

The back panel of the AM-5 has a single output jack (Yes,
Virginia, AM is still mono.), a phono-jack type AM antenna
connector (for connecting a coaxial type “lead-in” wire), a
pair of screw terminals for single wire antenna and ground
connection, an output level control, and a pair of con-
venience a.c. receptacles. A slide switch permits changeover
from 120-t0-220 V power lines, and a line fuseholder is also
located on the rear panel. The ““covered over” area seen in
Fig. 1 obscures the area which would contain the 150-600
Ohm balanced output option.

Construction and Circuitry

Figure 2 shows the internal layout of the AM-5 chassis.
Five separate circuit board modules are used (r.f., i.f., power
supply, antenna, and function selection), with a sixth added
for the balanced output option (not present in our sample).
A block diagram of the circuit is reproduced in Fig. 3. Fol-
lowing the antenna input is a dual element band reject filter
to eliminate any incoming 455 kHz (i.f. signal}. The switch-
able 30-dB attenuator (for “local” reception) comes next. A
three-gang tuning capacitor is used, as are junction field ef-
fect transistors in the entire r.f. section. Cascode JFETs are
used in the if. section, as are two ceramic ladder filters used
to provide the switchable selectivity (wide and narrow
bandwidth). Two double-tuned i.f. transformers also aid in
establishing desired i.f. response. Separate detectors are
used for audio and AGC circuits, with the former circuit em-
ploying a hot carrier diode detector. AGC voltage is derived
through envelope detection and is carefully filtered before
application to preceding stages. A sharp 10-kHz notch filter
is included within the feedback loop of a pair of I1Cs in the
audio section to provide 30 dB of rejection of heterodyne
beats that might be caused by adjacent carrier signals. Dual
polarity supply voltages are regulated by an IC.

Laboratory Performance Measurements

While existing IHF measurements standards do not recog-
nize the 10 dB S/N” sensitivity figure published by McKay
Dymek, we confirmed this measurement, obtaining 10 dB of
S/N for only 2.7 uV of signal applied. Using the more con-
ventional sensitivity measurement technique, an input sig-
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nal of 14 uV (at 30% modulation) was required for a 20 dB
S/N+THD ratio. Ultimate S/N with strong signals was better
than 53 dB. Audio output level was extremely uniform at all
signal strengths above 100 #V and was “down" only 5 dB at
10 uV input signal strength, a measure of the outstanding
AGC characteristic of the AM-5. It should be noted that the
sensitivity measurement was made with the “narrow’’ set-

Fig. 2—Internal layout of the tuner,

Fig. 3—AM-5 block diagram.
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Fig. 4—Frequency with tuner set to
“wide” bandwidth.

Fig. 5—Linear sweep from 7.5 kHz to
12.5 kHz shows steep rejection
capability of 10 kHz “whistle” filter.

Fig. 6—Frequency response with
tuner set to “narrow” bandwidth
position.

ting of the if. section. In the wide setting, sensitivity is un-
derstandably somewhat lower. Lf. rejection measured ex-
actly 45 dB as claimed, while image rejection was better than
claimed, measuring 83 dB. Distortion, though a bit higher
than claimed at the 30% modulation level (0.7% as opposed
to 0.5%), behaved nicely at higher modulation levels, with
1.1% THD at 50% modulation and 1.6% at 80% modulation
levels.

Perhaps the most outstanding feature of the AM-5 is its
uniform frequency response all the way out to 9 kHz (in the
"wide” position of bandwidth). This capability is best illus-
trated in the spectrum analysis ‘scope photo of Fig. 4. Note
the action of the 10-kHz “whistle filter”” in this trace. The fil-
ter’s notch is not properly or adequately depicted in this
trace because of the relatively fast sweep rate and the loga-
rithmic sweep used for frequency response plots on the an-
alyzer. By slowing down the sweep and altering it to a linear
sweep covering only the range from 7500 Hz to 12,500 Hz
(500 Hz per division, horizontally), we were able to obtain
the photo shown in Fig. 5 which shows some 40+ dB notch
capability of the steep notch filter at 10 kHz.

An additional response measurement was made in the
Narrow bandwidth mode of the tuner, and results are
presented in Fig. 6. Even at this reduced bandwidth setting,
response is still quite flat to beyond 5 kHz (probably better
than that obtained on typical AM sections of most stereo re-
ceivers and tuners). As reported in our earlier test of a
McKay Dymek tuner, our local full-fidelity AM station is still
pumping out wide-range audio programming—a fact that
we could only appreciate by listening to it with a tuner such
as this McKay AM-5. If you are fortunate enough to be near
an AM station that also broadcasts wide frequency response
{or even if you are relatively far from one, since the AM-5
will receive stations that are further away than you would
believe), the AM-5 may shed a whole new light on the capa-
bilities of AM broadcasting. | know you will find this hard to
believe, but a newsletter sent out by the McKay Dymek
company contained a letter from an AM -DX’er who actually
claims to have picked up the broadcast band transmissions
of Radio-France Inter (not short wave, broadcast band) at
1554 kHz on his receiver, using an older version of the
McKay Dymek antenna (the previously reviewed DA-3), so
let’s go on to discuss this second product from McKay Dy-
mek.

The DA-5 from McKay Dymek seems to have under-
gone fewer changes than the AM tuner just discussed. It still
has the rotatable ferrite shielded loop on top and the small
box below containing a two-stage FET preamplifier which is
tunable by means of a calibrated dial over the standard AM
broadcast range of frequencies. A sensitivity control varies
the gain of the system and a power On/Off switch (which
also makes a direct-through connection to your existing
outdoor AM antenna if you have one connected to your
AM set) are the only other controls provided on the DA-5.
Since it does contain amplifying components, it needs to be
connected to a power source (either 120 or 220 volts a.c.,
50/60 Hz) but consumes a mere 2 watts in use. Choice of
power source voltage is made by means of a small switch on
the rear panel.

Obviously, the DA-5 can be used with any AM tuner or
receiver that has a terminal for connection of an external
AM antenna. Equally obvious is the fact that this device can-
not improve the fidelity of your present AM equipment but
it certainly can and does improve overall sensitivity as well as
selectivity (because of the extra stages of tuning provided
ahead of your normal antenna input). Because the ferrite
rod can be rotated or tilted in almost any direction, you will
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