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driver. A 2-1/2 
neo3rene-impreg- 
nated cloth 
dome unit that, 
unlike most 
speakers, is 
peripherally 
driven for low 
distortion. Also 
unlike most 
speakers, this 
midrange unit is 
accurate to within 3 dB, even at 
60° off axis. 

And, 7.o keep all five 
HPM-200 drivers in balance 
and working together, we've 
engineered a massive 
crossover network that keeps 
all sound waves in phase 
over the entire listening area. 

But no design 
dissertation can fully describe 
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We believe the IPM -200 
represents a new standard of 
accuracy in loudspeakers. Its 
dynamic range, transparency and 
overall lifelike impact are without 
precedent. 

Ask your Pioneer dealer to 
play the super amplifier of your 
choice through speakers similar 
to the ones you're now using. 
Then ask him to play it through 
HPM-200s. 

We assure you, you'll hear 
things you've never heard before. 
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U.S. Pioneer Electronics Corp., 
75 Oxford Drive, Moonachie, New Jersey 07074. 



IN THE LAST 24 MONTHS 
11 COMPANIES 

HAVE INTRODUCED 
"SUPER AMPLIFIERS" 

THAT YOU CAN'T FULLY 
APPRECIATE UNTIL YOU 
HEAR THEM THROUGH 

THESE SPEAKERS. 



INTRODUCING HPM-200. T 
DESIGNED TO DELIVER ALL 
HIGH -POWER AMPLIFIERS 

Most speaker:: available today 
were designe i at a time when 
most of the powerful amplifiers 
you could buy prcducec .ender 
100 watts a channel. 

Which means if you have 
invested in ore of the new super 
amplifiers, your speakers could 
well be keeping you from 
appreciating the full extent of 
your investment. 

So Pioneer has developed a 
speaker system that can bring 
you all the peak levels, all the 

tran.i Tents, every last bit of 
listening enjoyment your super 
amplifier is capable of giving you. 

It's called HPvr2C0. "HPM" 
stands for"High Polymer 
Molecular" film, a material that 
makes it possible to transform 
electrical energy into 
acoustical energy with 
complete accuracy. 

The HPM-200 
tweeter and 
supertweeter are made 
of this unique material, 

which 
produces 
sound directly 
at the film 
surface. 
There are no 
magnets. And 
no voice coils. So there 
are no mechanical 
moving parts to get 
between the sound your 
amplifier puts out and 
the sound you hear. 

And High Polymer 
Molecular film can 
handle an almost 
limitless range of 
power. Without 
distortion. Without any 
loss in linear response. 

The revolutionary High 
Polymer Molecular film 

tweeter and supertweeter. 
They don't look, or work like 

conventional speakers. 
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Patented 
Direction 

FACT 
Only 1h3 Zisr-washer 
System -tas a micrD- 
fiber "s:an_"-a 
patented "direction"- 
to the absorbent pad. 

REQUIREMENT 
The Discwa slier brush 
must be used -n a 
direction_ :r-dicated bÿ 
the arrow zn the 
handle. 

NET RESULT 
The Discwasrer system. 
picks ap rather than 
lines up dirt and Othe: 
:ontamir-ant3 
suspended in just a 

-ew drops of D3 fluid 

Directed Research 
only from: 

discwasher, inc. 
COLUMBIA, MO 65201 
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Two sources 
of perfection in 
stereo sound. 

Match one to your equipment 
"The right Pickering Cartridge for your equip- 

ment is the best Cartridge money can buy." 
We've been saying that for years; and tens of thou- 

sands of consumers have profited by applying this 
principle in assembling their playback systems. 

If you have a fine manual turntable, the XSV/3000 
is a perfect choice. 

If you have a high quality automatic turntable, 
then installing an XV -15/625E in its tone arm is a 

perfect choice. 
The summary advice of Stereo's Lab Test, in an 

unusual dual product review, we think brilliantly 
states our position: "The XV -15/625E offers per- 
formance per dollar; the XSV/3000, the higher ab- 
solute performance level." That makes both of these 
cartridges best buys! 

STEREO 
LAB TESTS 

n 

FREE! 
Check No. 28 on Reader Service Card 

Pickering's new XSV/3000 is a remarkable de- 
velopment. It possesses our trademarked Stereo- 
hedron Stylus Tip, designed to assure the least 
record wear and the longest stylus life achievable 
in these times with a stereo cartridge. Its frequency 
response is extraordinarily smooth and flat; its 
channel separation is exceptional; its transient re- 
sponse affords superb definition. It represents a 

whole new concept of excellence in stereo 
cartridges. 

Read the whole evaluation report. Send for your 
free copy of the Stereo "Lab Test" reprint; write to 
Pickering & Co., Inc., 
101 Sunnyside Blvd., PICKERING 
Plainview, N.Y. 11803. i 

Department A 
"for those who can hear the difference" 

PICKERING & CO., INC., COPYRIGHT 1977 



Empire's 
Blueprint For 

Better Listening 
No matter what system 

you own, a new Empire 
phono cartridge is certain 
to improve its performance. 

The advantages of 
Empire are threefold. 

One, your records will 
last longer. Unlike other 
magnetic cartridges, 
Empire's moving iron 
design allows our diamond 
stylus to float free of its 
magnets and coils.This 
imposes much less weight 
on the record surface and 
insures longer record life. 

Two, you get better 
separation.The small, 
hollow iron armature we 
use allows for a tighter fit 
in its positioning among 
the poles. So, even the 
most minute movement is 
accurately reproduced to 
give you the space and 
depth of the original 
recording. 

Three, Empire uses 
4 poles, 4 coils, and 3 
magnets (more than any 
other cartridge) for better 
balance and hum rejection. 

The end result is great 
listening. Audition one for 
yourself or write for our 
free brochure,"How To 
Get The Most Out Of Your 
Records:' After you com- 
pare our performance 
specifications we think 
you'll agree that, for the 
money, you can't do 
better than 
Empire. 

EIVPIFE 
Already your system sounds better. 

Empire Scientific Corp. 
Garden City, New York 11530 

Audioclinic 
Joseph Giovanelli 

Patch Panel 
Q. My stereo system sits inside a 

cabinet for protection against dust 
and other disturbances. However, 
when making connection changes in 
the rear of the components, it is diffi- 
cult to remove the units and hold 
them while making those con- 
nections. I once read about a control 
board or control panel, that can be 
easily constructed, enabling one to 
make the various connections and 
hook-ups quickly. I cannot find the 
article, but, perhaps, you can shed 
some light on this subject.-John R. 

Garne, West Franklin, N.H. 
A. You can make up a "patch pan- 

el" which will enable you to make all 
the necessary connections to your 
equipment without having to remove 
it from the cabinet. There are com- 
mercial devices which do at least 
some of this, and if your needs aren't 
too complex, they might solve your 
problems with a minimum of effort. 

The unit is a metal panel mounted 
to the front of an equipment cabinet. 
It contains rows of quarter -inch 
phono jacks, which are more durable 
than the little phono jacks used on the 
rear of some high fidelity equipment. 
Their use permits you to connect and 
disconnect equipment without worry- 
ing about the connectors becoming 
intermittent and loose. 

The exact number of jacks will de- 
pend on your present and future 
needs, and each input and output is 

connected to its own jack. Inter- 
connections between the pieces of 
equipment are made through cables 
with phono plugs at each end. These 
cables should be made of shielded 
wire with the shield wired to the 
ground, and the "hot" or center con- 
ductor wired to the "tip" side of the 
plug. The shields from the various ca- 
bles are connected at the end which 
faces the input only, which means that 
the shield is used as a means to pre- 
vent hum from stray fields, rather than 
as a means of signal return. 

Because all the jacks are mounted 
on a common metal panel, it is some- 
times possible to have ground loops 
which could give rise to hum, al- 
though this usually doesn't happen. 
However, if it does, it is often cured 

by having one ground brought from 
the offending equipment to the pan- 
el. Be sure to label each jack on the 
panel with a label suitable for quick 
identification. Any logical system will 
suffice. 

Wake Up to Records 
Q. Is there harm in leaving either a 

belt -driven or a direct -drive turntable 
in the play position, with stylus on the 
record but no power applied, for sev- 
eral hours at a time? This is an attempt 
to wake up to the sound of a record 
rather than FM. 1 realize that this prac- 
tice would flatten idler pucks on mod- 
els with such a drive system, but I 

haven't encountered any warnings 
with the other drive types.-Gary 
Sunada, Honolulu, Hawaii. 

A. I see no problem in terms of 
damaging either your turntable or 
stylus by using the setup you just de- 
scribed. The only reservation I have in 
mind is in terms of the dust which will 
collect on the surface of the record, 
so be sure to close the dust cover of 
your turntable once the stylus has 
been placed on the record and the 
timer set. The discs should also be 
cleaned before they are put away 
which may be inconvenient when you 
are preparing to go to work. 

Back Cueing Wear 
Q. For precise cueing on record 

cuts when I am taping them, I have 
been backtracking my phono cart- 
ridge by rotating the turntable back- 
wards. Can this cause damage to the 
stylus?-Larry M. Bauer, Dayton, O. 

A. I do not believe that back cueing 
your turntable will cause any damage 
to the stylus, but it may cause ex- 
cessive record wear if any cut is cued 
very often in this way. 

Turntables of the belt -driven or di- 
rect -drive variety can be back cued 
very nicely. However, turntables 
which employ an intermediate idler 
assembly will be difficult to cue when 
the idler is engaged. Furthermore, this 
could ultimately damage these idler 
pucks. 

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. 

AUDIO February 1977 

Check No. 12 on Reader Service Card 



Power Plus. 
The Scott 8336 Receiver. 

Power is important. 
But power alone is not 
enough. That's why the popular 
Scott R336 gives you all the power 
you need. Plus the performance features 
you expect. 

The Scott R336 provides 42 watts minimum contin- 
uous RMS power output per channel. More than enough 
for most listeners. And both channels are driven into 8 ohms 
from 20 Hz to 20 kHz with no more than 0.3% total harmonic distortion. 

Power? Sure. But check these important performance features many other 
receivers in this medium price range have sacrificed. 
IM distortion (lower than 0.15%). Far below the 
average. Provides cleaner sound and eliminates 
listening fatigue. 
Signal strength and center channel tuning 
meters. Provide simultaneous visual indication 
of correct tuning and o timum signal strength. 
Phase locked loop multiplex section. Maintains 
superior stereo separation. Remains in align- 
ment for the life of the receiver. 
FET RF stage. Assures higher sensitivity and 
overload immunity. 
Log -linear taper volume control with detents. 
Spreads out volume levels. Provides finer control 
at low -to-moderate levels. 
Clutched bass and treble controls with detents. 
Allow altering the frequency response of one 
channel without affecting the other. Systems 
can be "custom balanced" to compensate for 
room acoustics, decor or speaker placement. 
Separate high -frequency noise filter. Permits 
cleaning up of noisy tapes, discs or broadcasts. 

Three position FM de -emphasis switch. Permits 
proper reception of domestic, Dolbyized or 
European broadcasts. 
Two completely independent tape monitors. 
Allow two tape recorders to be used simul- 
taneously for direct tape -to-tape copying with- 
out passing through the receiver's electronics. 
FM Muting. Silences interstation hiss while the 
tuner scans the frequency spectrum. 
Pretuned LC notch filters in the multiplex. 
Reduce interference to a minimum. 
Signal strength meter circuit. Employs two point 
sampling for wider dynamic range. 
Over 120 db IF gain. Assures better limiting 
and better AM rejection. 
Instantaneous electronic protection circuit in 
the output stage. Employs voltage/current sens- 
ing to prevent output transistor failure and 
speaker damage. 
AM section designed around a tuned RF ampli- 
fier using J-FET.Inproves signal-to-noise ratio. 

And the Scott R336 is backed by a three-year, parts and labor limited warranty. 
Another very important plus. 

For specifications on our complete line of audio components, write or call 
H.H. Scott, Inc. Corporate Headquarters: 20 Commerce Way, Woburn, MA 01801, 
(617) 933-8800. In Canada: Paco Electronics, Ltd., 45 Stinson Street, Montreal, 
H4N2E1, Canada. In Europe: Syma International S.A., 419 avenue Louise, 
Brussels, Belgium. 

s SCOTT 
The Name to listen to. 

MSS 

N-s-- 

Clutched bass and treble controls with detents. 

Signal strength and center channel tuning meters. 

Two completely independent tape monitors. 

Receivers / Tuners / Amplifiers / Turntables / Speakers 

Check No. 35 on Reader Service Card 
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PROBLEM 
SOLVER 

MOM 
THE BGW 2506 
DOESN'T HAVE- 

Fuses 
Knobs 

Meters 
Current limiting 

Hum 
Noise 
Thumps 
High price 

6 BUT, IT DOES HAVE- 
Enough muscle to drive 2 -ohm loads 
(340 -watts*) 

Absolute speaker protection 
(exclusive BGW SCR crowbar) 

Virtually unmeasurable distortion* 
Modular construction 
12 rugged 150 -watt output transistors 

High speed magnetic circuit breaker 
True op -amp front end 
Heavy %tip thick rack panel 
Totally enclosed heat sinks 
660 -square inches of efficient heat 

radiating surfaces 
Rugged steel chassis 
Mono -stereo switch 

*Guaranteed specifications: 
Stereo mode: 90-watts/channel into 
8 -ohms, 20 -Hz -20 -kHz with less than 
.1% total harmonic distortion (THD). 
100-watts/channel into 4 -ohms, 5 -Hz - 
15 -kHz with less than .15% THD. 
Mono mode: 180 -watts into 16 -ohms, 
20 -Hz -20 -kHz with less than .1% THD. 
200 -watts into 8 -ohms, 5 -Hz -15 -kHz 
with less than .15% THD. 
The perfect mate is our new model 202 
stereo preamplifier featuring the in- 
dustry's most accurate phono system - 
82 -dB S/N, .01% THD, active 18 -dB/ 
OCT. Hi -Lo filters, studio type graphic 
controls. See all 6 BGW power amps 
and our new preamplifier at your local 
dealer. 

SYSTEMS 

BGW Systems 
P.O. Box 3742 
Beverly Hills 
CA 90212 
(213) 973-8090 

Taoe 
Herman Burstein ide 
Cartridge-Cassette Quandry 

Q. I am considering the purchase of 
a tape player for my car as well as a 

tape deck for home use. Many of the 
dealers I have spoken to have recom- 
mended cassettes, while others have 
recommended cartridges. 1 don't 
know what direction to take... cas- 
sette or cartridge, and I don't want to 
sacrifice fidelity for convenience. In 
the past I have been exposed to in- 
expensive cassette players and have 
been unimpressed with their per- 
formance.-Thomas Mantini, Haver- 
town, Pa. 

A. If fidelity is uppermost in your 
mind, then I suggest cassette, as things 
now appear, since the performance 
of the better cassette machines out- 
distances that of most all cartridge 
machines and rivals that of many good 
open -reel tape decks. To get a good 
home cassette machine, you will 
probably have to pay upwards of 
$200.00, and perhaps double that, par- 
ticularly if the machine incorporates 
the Dolby B noise reduction in order 
to achieve a really good signal-to- 
noise ratio. 

Tension Choice 
Q. In shopping for a tape deck, 

which pressure mechanism is best, 
pressure pads or tape tension?-Gary 
Thoburn, Lexington, Mass. 

A. For the best combination of min- 
imum head wear, minimum flutter, 
and good treble response-tape ten- 
sion rather than pressure pads is gen- 
erally the preferred means of obtain- 
ing good contact between the tape 
and the heads. 

Fidelity Quandry 
Q. Some time ago you stated that 

FM stereo is capable of higher fidelity 
than discs. However, FM frequency 
response is limited to 15 kHz and discs 
can easily surpass this. Hence your 
statement is confusing.-Peter Neu- 
haus, Los Angeles, Cal. 

A. Requirements for high fidelity 
include not only frequency response 
but also low noise and low distortion. 

With good transmitting and receiving 
equipment, FM noise and distortion 
can be kept lower than on discs. On 
FM a dynamic range of 60 dB is pos- 
sible, whereas the typical range on a 

disc is usually more nearly around 45 
or 50 dB, also distortion can be kept 
under 1 per cent on FM, but not very 
easily on a disc. With respect to fre- 
quency response, very few of us can 
discern between flat response to 15 
kHz and to a higher frequency. Most 
adults hear little if anything above 13 
kHz or so, while many have difficulty 
distinguishing between an audio sys- 
tem flat to 10 kHz and one flat to a 

higher frequency. 

Selection Specs 
Q. I am undecided between which 

of two tape decks to buy. Both are 
priced at $200.00, but one has 0.1 per 
cent wow and flutter while the other 
has 0.09.-L.D. Crow, Jackson, Miss. 

A. A difference this small in wow 
and flutter is trivial and not a basis for 
choosing one machine over another. 
More important are the differences in 
frequency response, signal-to-noise 
ratio, and distortion. 

Bulk Eraser Effectiveness 
Q. I would like to know if a bulk 

tape demagnetizer is capable of eras- 
ing tape to below erase head levels. 
Are there any disadvantages to using a 

bulk demagnetizer?-Joel Jevotovsky, 
Brooklyn, N.Y. 

A. Ordinarily a bulk eraser does a 

superior job when compared to an er- 
ase head. However, there are some 
tapes which if recorded at a high level 
may require extra runs past the erase 
head in order to permanently remove 
all recorded material. I don't know of 
any disadvantages to using a bulk era- 
ser, except that it erases the entire 
tape instead of permitting one to se- 
lectively erase the desired tracks. 

If you have a problem or question on tape recording, 
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. 

Check No. 7 on Reader Service Card AUDIO February 1977 



If you're surprised to learn 
that tubes solve some amplifier problems best, 
you have something to learn about amplifiers. 

And about LLTX. 
It may seem courageously retrogressive for a 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. 
But for LUX, it is 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, it clips abruptly. Engineers call it"hard clipping. The 
term is apt, as the sound from the spurious high -order odd 
harmonics is raspy and irritating. Further, if the overall 
circuitry is not stable, and the protective circuits not very 
well -designed, the distortion is extended in time beyond 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 not able to follow the musical waveform accurately 
at the 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 quality heard from many transistor amplifiers, 
particularly when they are playing at low levels, is usually 
due to crossover distortion. 

Of course, tubes also have their limitations. Especially 

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 
fin structure 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 into 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. It's why they're 
LUX dealers in the first place. 

\ 
When a typical 
transistorized 
amplifier 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 a tube 
amplifier such 
as the Luxman 
MB -3045. is 
driven into over- 
load. the- clip- 
ping is softer. 
with more 
rounded edges 
to the waveform 
The resulting 
distortion is 
much less audi- 
bly bothersome l 
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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. 10 to 40 kHz, ± 

1 dB. 
Signal to noise ratio. 95 dB. Variable sensitivity control 
for matching gain to any preamplifier. $445 00 each 
Luxman CL -35 Itt stereo tube preamplifier. Total 
harmonic distortion 0.06% at 2.0 V. 20-20 kHz, all 

output signals. Frequency response. 2-80 kHz. +0 
-0 5 dB RIAA equalization. '--0 3 dB Features 
include tape monitoring and dubbing. 6 selectable 
turnover frequencies. twin high and low noise filters. 
switchable phono -input impedance (30, 50. 100 
kohms). variable input sensitivities. $745.00 

LUX Audio of America, Ltd. 
200 Aerial way, Syosset, New York 11791 

In Canada: AMX Sound Corp. Ltd., British Columbia: Gentronic Ltd.. Quebec 



Edward Tatnall Canby 

Socko, one after another, a whole 
batch of new audio gadgets has hit my 
ears these past few months. Every last 
one of them, I note with interest, is 

somehow intended to increase our 
active control over the sounds we 
hear in the home listening space, or 
the very shape of the sound itself. I've 
sensed a lot of excitement here, more 
than usual, and I think the- reason is 

easy to spot. Surround sound plus dig- 
ital audio. Digital is the spark! It's ev- 
erywhere, it can do astonishing 
things, and when the price comes 
down, which it will, 
they tell me, once 
we get away from 
expensive analog- 
digital -analog into 
more direct and 
cheaper approaches 
-bucket brigades 
of them will be mass 
produced. 

Digital plus sound 
in the round! I 

talked myself hoarse 
and wore out my 
ears at the AES con- 
vention last au- 
tumn, one of the 
best ever. We are 
positively leaping 
into new things, 
unimaginable a few 
years back, rang- 
ing I must admit 
from the sublime to 
the barely amusing. 
Some of these 
stick to stereo, two 
good channels and 
a batch of new tricks. 
Some have to do 
with the other end of the audio chain, 
new ways to pick up the distributed 
sounds in the recording space. Some 
are exploring my favorite long-time 
hobby, which I knew would have its 
day-binaural sound in headphones. 
(How about phones with ears in 
them-built-in mikes? JVC has them 
and I have a pair.) Yet the majority of 
the new ideas inevitably the straight 
into surround sound in anywhere 
from 2 -to -16 channels, building upon 
that fruitful idea which first appeared, 

Audio 
etc. 

so long ago, in early quadraphonic 
and all its synthesized predecessors, 
back channels derived from stereo in- 
formation as in the Dyna loudspeaker 
circuits which some of us still use. You 
may think what you like about the 
present state of commercial quad- 
raphonic, but without the stimulus of 
surround sound, the very idea of it, 
not much of the present ferment of 
activity could exist. There is simply no 
stopping this new control of our lis- 
tening space, on all sides, all around, 
not merely up front. 

Digital Osmosis 
Aside from digital, new ideas are 

coming out in sympathy, even in old 
areas. Take single -point microphon- 
ing, ancient, from way back, but wow 
is it back again, if analogish. Two si- 
multaneous developments here from 
two major organizations, opposite 
in technology but remarkably simi- 
lar in intent. One of them is the 
"Ghent" compound four-way micro- 
phone, from CBS Technology Center, 
the other a pair of binaural -head mi- 

crophone systems for loudspeaker -in- 
tended sound from JVC, and no con- 
tradiction, either. There's a version for 
stereo, and another, closely related, 
for quadraphonic. Like the Ghent mi- 
crophone, both of these JVC micro- 
phone arrays pick up sound from a 

single location in the recording space, 
in the honored fashion of Mercury's 
Living Presence recordings of years 
ago, as with a number of later stereo 
systems, including the M -S (middle - 
side) and crossed mike techniques. 
Both CBS and JVC also aim to capture 

a more accurate and 
specific wraparound 
of sound, filling in 
the side areas where 
both stereo and 
quadraphonic re- 
production tends to 
be ill defined. 

JVC really grabs 
those side sounds 
and reproduces 
them in both stereo 
and quadraphonic. 
You can hear them, 
straight out to left 
and right, many feet 
from the nearest vis- 
ible loudspeaker, 
coming out of- 
nothing. There's spa- 
tial control for you. 
As for the Ghent, its 
four microphone 
transducers, facing 
the points of the 
audio compass, de- 
liver an instant SQ 
encoding in two 
channels, ready to 
be decoded into a 

surround quadraphonic array. In- 
deed, as I heard for myself, the pro- 
duct is not only a full four -channel 
sound but does show distinctly im- 
proved side rendering. 

The JVC system, both stereo and 
quadraphonic, is an extraordinarily 
ingenious binaural "simulation"-a 
computer -developed tailoring of bi- 
naural signals, from microphones set 
in dummy heads, so that the usual 
overlap of sound heard from pairs of 
speakers (both ears hearing both 
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IF OUR TAPE SOUNDS BAD ON YOUR H R SYSTEM 
YOU NEED A BETTE HI Fl SYSTEM. 

Maxell tapes are the best 
way to see just how good or bad 
your hi fi system is. Because 
Maxell tapes are made to stricter 
standards than many hi fi systems. 

To begin with, only the highest 
quality materials go into Maxell 
tapes. The finest polyester, screws, 
hubs and pressure pads. 

Every batch of magnetic 
oxide we use gets run through an 
electron microscope. If every 
particle isn't perfect the sound 
you hear won't be either. 

Since even a little speck of 
dust can make a difference in 

what you hear, no one gets into 
our plant until they've been 
washed,dressed in a special dust - 
free uniform, even vacuumed. 

The fact that we're such 
fanatics about making Maxell 
tapes pays off for you in the 
enjoyment of superior sound. And 
in the Maxell guarantee. 

Which says if you ever have a 
problem with any Maxell tape, 
send it back and we'll send you 
a new one. No questions asked. 

Naturally, a product this good 
doesn't come cheap. In fact, a 
single ree of our best tape costs 

more than many inexpensive 
tape recorders. 

So if you don't have a good 
hi fi system, save yourself some 
money and buy cheaper tapes. 

maxdtwE.35-90 

Maxell.The tape that's too good for most equipment. 
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speakers) is partially compensated for 
and eliminated and the ears are actu- 
ally fooled into thinking the speakers 
are headphones, more or less. If I am 
right, it's done by cancellations, rub- 
bing out selectively unwanted phas- 
ings. Hard to believe, but the thing ac- 
tually works. For stereo there is one 
dummy head, and for quadraphonic a 

pair of heads, one right behind the 
other, the rear head's nose jammed 
into a sound baffle between the two 
so he hears only what's behind him, 
and vice versa. A black box arrange- 
ment doctors up the resulting binaur- 
al signals before they are fed to loud- 
speakers. And lo! we do indeed get 

side information as we listen, East and 
West, and even some more radical di- 
rectionalities too. I broke the JVC 
track record: With two stereo speak- 
ers in front of me, I distinctly heard a 

recorded telephone ring behind me. 
How's that for control! 

Get it straight, in case you are con- 
fused. Inside head phones, binaural 
sound is weak in the front and back 
but very strong at the sides. Speakers 
are the opposite, both in stereo and 
quadraphonic, plenty strong in front 
(and in back) but vague as to side in- 
formation. So, thought JVC, if you 
could make speakers sound even a 

little bit like headphones, you would 

Many hi-fi enthusiasts bought a 
Crown DC -300A power amplifier 

because they were impressed 
by its performance specs, and 
by the quality of its "listening" 

performance. It was, for them, the 
"ultimate" amplifier. 

Why not do what they did? Com- 
pare the specs for the Crown 

DC -300A with those of any other 
amplifier. Compare the clean, 

pure DC -300A sound that comes 
from low -distortion circuitry and 
plenty of headroom. And espe- 
cially compare the DC -300A with 
its smaller relatives, the Crown 
D -150A and D-60. Same clean, 
pure sound, less power, but may- 
be just what you need. 
Use your own judgment. You 
could find your ultimate listening 
standard in Crown. 

DC -300A Stereo Amp D -150A Stereo Amp D-60 Stereo Amp 
155 watts per channel min. 80 watts per channel min. 

RMS into 8 ohms RMS into 8 ohms 
(1-20,000 Hz), no more (1-20,000 Hz), no more 

than .05% total than .05% total than .05% total 
harmonic distortion. harmonic distortion. harmonic distortion. 

Fast playback coupon 
When listening becomes an art, 

32 watts per channel min. 
RMS into 8 ohms 

(20-20,000 Hz), no more 

Send directly to Crown for fast info on amps. 

Name 

Address crown 
Box 1000, Elkhart IN 46514 

City 

State Zip 
A-11 

have your side info. And so you did. 
In the Ghent, the four microphone 

elements are followed by a matrix sys- 
tem which, if I am right, functions vir- 
tually as an SQ encoder, right in the 
microphone assembly, to provide the 
two -channel SQ output. Considering 
the size and complexity of the profes- 
sional SQ encoders I have seen, this is 

some accomplishment! In any case, 
there is no doubt about the cc mplete 
quadraphonic sound array which is 

the result, all from this single mike 
unit. Potentially very useful, especially 
in broadcasting-a single microphone 
and a signal that can be fed straight 
into a two -channel stereo transmitter. 
Lovely for live broadcasts. 

Single -Point Limitations 
I will have to add that both these 

microphone systems, JVC and CBS, 
will have the same problems that tra- 
ditionally go with any single -point mi- 
crophone pickup, whether mono, 
stereo or quadraphonic. Very limited 
flexibility, if the right balance be- 
tween ambient and direct sound is to 
be maintained. Hit the perfect spot, 
the exact right location, and the 
sound is gorgeous, as Mercury proved 
so well. But with the many varied 
sound sources in modern recording, 
that ideal spot isn't easy to achieve 
and because there is a clumsiness in 
balancing different ins`ruments, near 
and far, that can only be solved by 
moving them around, which is the 
reason we have turned towards the 
more versatile multi -mike techniques, 
in spite of their inherent distortions 
and cancellations. 

The first Ghent recording, made 
live last fall at a concert in England, 
turned out to be so close that the solo 
piano in a concerto was overwhelm- 
ingly near at hand, drowning out the 
hall reverb in the final big chord. 
Just a matter of trial and error, an un- 
familiar microphone and no chance 
for adjustments during the record- 
ing. It should have been farther back. 
Yet I felt this was good. It's always 
easy to pull back a bit, but devil- 
ishly hard to move forward without 
getting into balance problems if your 
sound is too distant. I'd say the Ghent 
gives a good liveness ratio of direct to 
reflected sound, and probably a lot 
better than a standard omni micro- 
phone placed at the same spot. 

A curious double effect was observ- 
able with the JVC dummy -head sys- 
tem as used in loudspeaker reproduc- 
tion. First, in spite of those binaurally 
tailored signals, the perceived liveness 
appeared to be essentially of the 
loudspeaker type, and not that of the 
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The overhead. When timing is perfect, when power is syn- 
chronized with skill ... Smash! When timirgIs off, when power is 
misdirected ... clunk. 

In music. When sound is out of phase, jarrir the ear with fractured 
time sequences, when the speaker is incapable of handling today's 
high power amplifiers ... clunk. 

Conventional speaker systems combine sound from several po- 
sitions on the cabinet's mounting baffle. When the lows and highs 
reach the ear at different times, however slight the difference, music is 
diffuse. It is out of phase. 

The high and low frequency drivers of the Tannoy loudspeaker sys- 
tem are combined within a single massive magnetic core assembly. 
Sound from both is reproduced from a common transducer matrix, 
phase coherent throughout the total audio range. 

Tannoy systems have earned a world wide reputation for power 
handling capacity. (The Tannoy warning system at Dungeness light- 
house handles 7 kilowatts and can be heard a distance of 6 miles!) 

The Tannoy incorporates a horn loaded high frequency driver and 
a unique, heat resistant voice coil assembly. The low frequency cone 
is reinforced by rigid structural ribs. The heavy magnet structure 
and frame function as an effective heat sink drawing off distortion - 
producing heat. 

The prestigious British audiophile journal, ' Gramophone", wrote: 
"There can be no doubt that ... the new range of Tannoy loudspeakers 
will be received with enthusiasm not only for excellent and effortless 
reproduction but also for pleasing new design.' 

Music, anyone? 
If you write to us, we'll forward a list of the selected dealers of estab- 

lished reputation who will be pleased to provide a listening demonstra- 
tion. We'll include a brochure with the details of each model in the 
Tannoy array of integrated loudspeaker systems. Tannoy, 122 Dupont 
Street, Plainview, N.Y 1I1803. Check No. 46 on Reader Service Card 
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The 
phono cartridge 

that doesn't compromise 
any 

modern record. 
AT15Sa 

UINIII\V/CI S/\L 
BEST FOR 1,'2 4 CHANNEL 

Choosing an AT15Sa 
can add more listen - 

14 ing pleasure per dollar 
than almost anything else 
in your hi-fi system. First, because 
it is one of our UNIVERSAL phono 
cartridges. Ideally 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 
only at 1 kHz (where everyone is pretty 
good) but also at 10 
kHz and above (where 
others fail). It's a result 
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 3,761,847. 

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 AT15Sa 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 AT15Sa 
UNIVERSAL Audio-Technica car- 
tridge. Anything less is a compromise. 

audio-technica 
INNOVATION PRECISION INTEGRITY 

AUDIO-TECHNICA U.S., NC., Dept. 27A 33 Shlawassee Ave., Fairlawn, Ohio 44313 

binaural sound of phones. The re- 
corded voices did come from aston- 
ishing directions but they were often 
"off -mike" and over -live, too distant, 
as would be the case with normal 
mikes set up in the one fixed central 
location. In headphone binaural 
sound, there is no such thing as "off - 
mike." Sounds are always heard as in 
nature, at any distance, though per- 
haps not from the true direction. Not 
so with loudspeakers and that is why 
we invented microphone technique 
in the first place. Move in close, to 
balance room sound against direct 
sound. 

Binaural Simulation 
But there was something else. JVC 

wasn't giving us regular loudspeaker 
sound. What I heard from their tailor- 
ed binaural simulations was as weird 
as it was unexpected-two spaces, 
one hovering within the other! There 
was the normal loudspeaker sound, 
within the listening room. And at the 
same time there was another space, a 

ghost space, pulsing inside the other 
space; the loudspeakers were trying 
to create a literal binaural effect, a 

space independent of the listening 
room, exactly as in phones. Inter- 
esting, but I must say that the phe- 
nomenon was unsettling. One space 
at a time, thank you, and no double 
exposures. 

This was, of course, the direct if un- 
intended result of JVC's success in de- 
livering real binaural sound out of 
loudspeakers, but I rather suspect that 
in other types of recording, such as a 

normal musical job in the usual rever- 
berant surround, the two spaces 
would blend together and go almost 
unnoticed. 

Still-did you ever see a double -ex- 
posed stereo photo, two 3-D pictures 
interpenetrating each other? That's 
what I heard. 

In a sense, these CBS and JVC one - 
point microphone systems are flying 
in the face of most current audio de- 
velopment, for we are going more 
and more into multi -microphone, 
multi -track, multi -mixdown record- 
ing, plus synthetic additions in both 
sound and space. We are even alter- 
ing the final sound package, right in 
the living room. Like Audio Pulse or 
Sound Concepts. Add -a -concert hall! 
There is no place for either a Ghent or 
a JVC mike in one of those synthe- 
sized spaces. Even so, it is good to 
have these new and elegant systems 
on hand for surround -space record- 
ing, if only as useful anchors to wind- 
ward and a balance against excess, 
they'll be used. A 
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NOW ONE TAPE GIVES YOU 
THE PEACE AND QUIET 

OF THE CHROME POSITION. 
WITHOUT THE HEADACHES. 

Use TDK SA in the chrome position 
and you'll hear a lot 

less noise and a lot more sound. 
Ordinarily, using the chrome posi- 

tion results in a decrease of anywhere 
from 4 to 5 dBs of background and 
tape noise. Of course, that's not a 
problem. It's a blessing. 

The problems, or 
rather the headaches, 
begin with your choice 
of tape. 

If you used any 
normal range bias ferric - 
oxide tape in the chrome 
position, you'd sacrifice a 
significant amount of 
high -end signal. 

If you used chrome 
tape in the chrome position, 
you'd sacrifice something else. What 
you'd wind up hearing was weaker low - 
and mid -range dynamic response and 
more distortion. 

But with TDK SA you don't have 
to sacrifice a thing. 

You see, TDK SA is the first 

non -chrome tape compatible with 
chrome bias/equalization. Unlike 
any ferric -oxide -based tape, it gives 
you superior high -end performance. 

Unlike chrome, it gives you 
greater dynamic range at low- and 
mid -range frequencies with far less 
distortion. 

In fact, SA used in the chrome 
position will put you in a better 

position to hear your system with 
brilliance and clarity that you've been 
missing with other tapes. 

You won't get headaches from TDK's 
Super Precision Cassette shells either. 

In addition to making what is prob- 
ably the world's finest cassette tape, 

TDK makes one of the 
world's most advanced cas- 
sette shells. It's precision - 
designed to prevent un- 
even winding, jamming, 
and tangling, to assure 
perfect head touch, to elimi- 
nate oxide shedding and 
dropouts as well as wow and 
flutter. That's why you hear 
your tape loud and clear. 

Try TDK SA in the chrome 
position. You'll like the peace and quiet. 

The chrome position on the tape selector 
is designated differently on different 
machines: Cr02, Chrome, Special, SX, 

Position 1, High or 70 µs. 

TDK. 
Wait till you hear 

what you've been missing. 
TDK Electronics Corp., 755 Eastgate Boulevard, 
Garden City, N.Y. 11530. Also available in Canada. 

Check No. 43 on Reader Service Card 



Bert Whyte the ne 
The Audio Engineering Society held 

its 55th convention as another 
"Weekend at the Waldorf" from Oc- 
tober 29 to November 1st. Such is the 
growth of the dynamic audio industry 
that this was the biggest East Coast 
AES convention thus far, with a record 
first-day crowd of registrants swarm- 
ing into the exhibit booths in the ball- 
room and the sound demonstration 
rooms on the 5th floor...and, of 
course, listening to the papers 
presented at the technical sessions. As 
I have pointed out before, no AES 
convention is dull, but some generate 
high excitement quotients through 
significant advances or breakthroughs 
in audio technology. The 55th AES 
convention may well be remembered 
as the beginning of the era of digital 
audio recording. 

Digital recording has always been a 

"hot" topic among audio engineers. It 
has been endlessly discussed and 
treated as a "Holy Grail," a panacea 
for all the multitudinous ills of analog 
magnetic tape recording. For some 
years now, the debut of digital 
recording has always been "just 
around the corner." At this con- 
vention, two papers were presented 
and an actual demonstration of digital 
audio recording was given, which may 
indeed represent the first steps in the 
conversion of audio recording from 
analog to digital technology. 

Mr. J. Stanley Kriz, of the Three Riv- 
ers Computer Corp., Pittsburgh, Pa., 
described his "Audio Analog -Digital - 
Analog Conversion System," which is 

basic to the technology of moving au- 
dio signals into and out of the digital 
domain. Mr. Richard B. Warnock, of 
Soundstream, Inc., Salt Lake City, 
Utah, created quite a stir with his pa- 
per on "Longitudinal Digital Record- 
ing of Audio." Mr. Warnock's associ- 
ate and president of Soundstream, 
Inc., is Dr. Thomas G. Stockham Jr., 
whom you may recall is the gentle- 
man responsible for the fascinating 
digital reprocessing of old Caruso 
acoustical recordings that removed 
the honky megaphone sound from 

the recordings and revealed more of 
the true nature of Caruso's voice. 

During the run of the convention, 
Dr. Stockham and Mr. Warnock held 
forth in a 9th floor suite and gave pri- 
vate demonstrations of their' digital 
recording system. Basically, the 
Soundstream digital recorder consists 
of a standard Honeywell computer 
transport operating at 30 ips (which 
gives 30 minutes recording from a 

4600 -foot reel of tape), plus various 
proprietary modules for analog -to- 
digital and digital-to-ahalog convert- 
ers, sample and hold units, encoders 
and decoders for synch and data bits, 
memory buffers, input and output 
low pass filters, etc. The recorder 
demonstrated was a 15 -bit system with 
a sampling rate of 37,500 per second, 
which gives sufficient resolution for a 

d.c. to 15 kHz audio bandwidth. One - 
inch, high quality instrumentation 
tape is used, and this prototype ma- 
chine has two channels for stereo 
recording, although as many as 40 
channels could be accommodated on 
the one -inch tape. At this point, 
think I had better put this discussion 
on hold, as I'm sure distress flags are 
flying from readers for whom digital 
technology is terra incognito. What 
say you, Dr. Tom...can we con you 
into furnishing the readers of Audio 
with a basic primer on digital record- 
ing? 

The Why and Wherefore 
In the meanwhile, there are no 

doubt those people who ask a very 
basic question, why digital recording? 
What is the big deal? Understandably 
Mr. Warnock and Dr. Stockham have 
an axe to grind, so when they enu- 
merate the problems of analog tape 
recording, this must be taken into 
consideration. Thus, while ultra -so- 
phisticated machines like the Ampex 
ATR-100, have advanced the quality of 
analog recording by at least an order 
of magnitude, it is valid to discuss the 
inherent limitations of the medium. 

In his paper Mr. Warnock notes the 
following problems with analog mag- 

netic tape recording, inadequate dy- 
namic range, i.e., low signal-to-noise 
ratio; inherent phase distortion; in- 
herent harmonic distortion; insuffi- 
cient transient response; modulation 
noise; cross talk; print through;,, mul- 
ti -copy degradation; wow and flutter; 
inherent limitations in noise reduc- 
tion systems; storage degradation 
with time, and limited low frequency 
response. Of the 12 problems listed, 
Mr. Warnock goes on to state that 
digital recording completely elimi- 
nates modulation noise; print - 
through, wow and flutter, limitations 
to the low frequency response, and 
the need for noise reduction systems. 
Phase distortion, harmonic distortion, 
and cross -talk are reduced to in- 
audibility under worst -case condi- 
tions. Dynamic range (S/N ratio) is sig- 
nificantly improved...and at_a rated 90 
dB below maximum signal level, that 
is putting it mildly! Significant im- 
provement in the problems of tran- 
sient response, storage degradation 
and multi -copy degradation is also 
claimed. 

All this is very impressive, to say the 
least, and it is easy to understand why 
such a glamorous aura surrounds digi- 
tal recording. A glimpse of how digital 
recording solves some of the analog 
recording problems is contained in 
this note on modulation excerpted 
from Mr. Warnock's papér: 

"Modulation noise is an audible 
distortion in analog recording that in- 
creases and decreases with increasing 
and decreasing amplitude of the 
recorded waveform. It results from 
the varying head -to-tape spacing 
caused by dirt and dust particles and 
uneven oxide coating of the tape, 
among other things. This varying 
tape -to -head spacing causes a slight 
time -varying modulation of the origi- 
nally recorded waveform. In digital 
recording, the audio content is in the 
encoded serial combination of ones 
and zeros, and although the tape to 
head spacing may change, that can af- 
fect only the amplitude of the ones 
and zeros and not their encoded au - 
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Celestion and Decca 
A century of leadership bridging audio's two widest gaps 

Celestion UL8 

Widest gap number 1 : Between the signal at your 
amplifier's output and the sound you hear. The 
loudspeaker must fill this gap via mechanical 
translation. The vibrating element of every speaker 
possesses mass and inertia-and will therefore by 
definition be an imperfect reproducer. This is why 
loudspeaker distortion, frequency and transient 
response specifications are much poorer than those 
of good amplifiers. 

Celestion's 52 years of building nothing but 
speakers has evolved an integrated design approach 
which bridges this gap to an extent few other 
companies can match. First, Celestion system 
engineers design a complete speaker system, 
juggling all variables including driver design. Next, 
Celestion component engineers design the drivers 
to fill system engineering's requirements. In most 
speaker companies, designers must compromise 
insofar as they must make do with commercially 
available drive units. By designing and building 
their own drivers to precisely meet the demands of 
any particular application, Celestion engineers 
dramatically reduce compromise other designers 
must accept. The result is maximum possible 
performance for given size and price ranges. 

From Celestion's UL6 winning the 5th Japan 
Stereo Components Grand Prix contest, to the 
Celestion "Power -Range" models used by the 
Beatles, to the Ditton 66 studio monitors of the 
Olympic Radio and Television Organization, 
Montreal /76, people who know how to best bridge 
the speaker gap-insist on Celestion. 

Decca MKV1 Gold Elliptical Cartridge 

Widest gap number 2: Between vinyl record 
grooves and the signal at your phono preamp's 
input. Like the vibrating element of every speaker, 
the phono cartridge, stylus and tonearm possess 
mass, inertia and friction-and can thus approach 
but not attain correct translation of what is really 
recorded on the disk. 

From Decca, the world's most experienced 
producer of high quality phonograph records, 
comes the world's highest fidelity means of playing 
them : the Decca System. Consisting of : 

1) Decca London MKV1 Gold Elliptical or Plum 
Spherical Cartridges employing Decca's 
legendary "Positive Scanning" system. 
Featuring lower stylus mass, higher compliance, 
lower tracking force than the Decca MKV series. 
Decca MKV1 models offer the best transient 
response of all cartridges-regardless of price. 

2) New Decca Internattional Arm. Magnetic 
antiskating and damped unipivot jewelled 
bearing of original International Arm, plus 
several modifications and improvements. As 
close as you can get to zero friction and zero 
groove pressure unbalance. 

3) Decca Record Brush and Record cleaner, "dry 
clean" devices utilizing Decca's unique 
conductive micro -fiber to clean records and 
drain static without the destructive properties 
liquid cleaners exhibit on cartridges and 
records. Designed especially for Decca's state- 
of-the-art MKV1 cartridges. 

Bridge the phono gap and hear what is really on your 
records-insist on Decca. 

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



ALLISON: THREE 

$2601' 

The ALLISON:THREE is a corner 
speaker system with performance 
characteristics identical to those of the 
ALLISON:ONE. Its price is $100 less. 

Extremely wide dispersion at all audi- 
ble frequencies makes it useful in a 

wide variety of applications. A pair can 
18 be used as main speakers in corners at 

opposite ends of a wall, with spacing 
considerably greater than is common 
for stereo speakers. Integrity of the 
stereo image will be maintained even 
when the angle from a listener to the 
two speaker systems is very wide. 

Alternatively, one ALLISON:THREE 
can be used as a main stereo speaker 
system with an ALLISON:ONE or an 
ALLISON:TWO as the other main 
speaker. This is an excellent combina- 
tion for cases in which there is inade- 
quate free wall space available for a 

pair of ONE or TWO systems, or in 
which the main listening area is dis- 
placed to one side of a room 

Finally, ALLISON:THREE systems have 
unique advantages as back speakers in 
four -channel and ambience -synthesis 
systems of all kinds. Back corners are 
the best locations for such speakers 
because they are the farthest possible 
distance from the listening area. 
ALLISON:THREE systems have flat 
bass power output in a corner location, 
a capability shared only by corner horn 
systems. 

Descriptive literature on all ALLISON 
speaker systems, which contains tech- 
nical specifications and a statement of 
warranty, is available on request. 

ALLISON ACOUSTICS INC. 
7 Tech Cirde. Natick. Massachusetts 01760 

+higher in the South and West 
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dio content. Thus, modulation dis- 
tortion is totally eliminated as a prob- 
lem in the reproduced audio wave- 
form, simply because the audio is en- 
coded digitally." 

The Soundstream digital recorder 
has actually been used to make pro- 
fessional recordings. Jerry Bruck, an 
engineer highly regarded for his 
recordings of classical music, record- 
ed Virgil Thompson's opera "The 
Mother of us All" on a 16 -channel an- 
alog recorder and fed a 2 -channel 
mixdown from his console to the digi- 
tal recorder. For whatever reason, the 
recording venue was New Mexico in a 

hall with difficult acoustics, and it 
must be noted that many people do 
not find this particular piece the most 
accessible of music. At the demon- 
stration I heard, Soundstream had a 

tough audience with John Eargle, 
John Woram, John Curl and editors 
Gene Pitts, Ed Canby, Barney Pisha, 
and yours truly on hand. On listening 
to excerpts from the opera, we were 
impressed the most with the totally si- 
lent background afforded by the 90 - 
dB S/N ratio. Perhaps the particular 
kind of amplifier and speakers that 
were used in the demonstration col- 
ored our opinions, for while we 
thought the sound was very clean, 
with crisp transients and fine articu- 
lation on the voices, we felt that a top- 
quality analog recorder could have 
done as well. Another recording, this 
time of some people in a studio sim- 
ply noodling on various instruments, 
was a more impressive demonstration 
of the digital machine's capabilities. 
What probably influenced our judg- 
ments more than anything else was 
the fact that the top end rolled off 
above 7 or 8 kHz. This was explained 
as a function of the particular 15 -kHz 
low-pass filters in the reproduce chain 
and of the sampling rate. Extension of 
the bandwidth to full 20 kHz can be 
accomplished by increasing the sam- 
pling rate and using appropriate fil- 
ters. It all really comes down to the 
ability of being able to A/B between 
an analog and a digital recorder under 
controlled conditions with the same 
program material...and after all, the 
digital recorder was a prototype unit. 
Like anything else, there are problems 
in digital recording that have not 
been fully resolved. For example, 
even with the very best instrumenta- 
tion tape, dropouts can be devastating 
to the reconstruction process in play- 
back. However, there are error cor- 
rection procedures that can reduce 
audible errors due to dropouts to as 

few as one or two in five minutes of 
playback. Dr. Stockham and Mr. 

Warnock are to be congratulated for 
bringing digital recording out of the 
laboratory and for the advances they 
have embodied in their prototype 
recorder. Both men are confident that 
they will have full audio bandwidth 
digital recorders in production in the 
not too distant future. More power to 
them! Now that we have accorded 
digital recording the importance it 
deserves, lets get on with the rest of 
the 55th AES convention. 

And Elsewhere... 
I have become nothing but redun- 

dant in reporting that every AES con- 
vention has a plethora of mixers and 
consoles. Why should this one be dif- 
ferent? They were everywhere in the 
ballroom, intimidating in their multi - 
slider, multi -switch, multi -knobbed, 
and multi -metered complexity, but 
for all that, the object of many cov- 
etous glances. This year a new ele- 
ment was on display, this being quite 
a number of specialized mixer/ 
turntable setups for the burgeon- 
ing disco market. Even old line hi-fi 
firms like Bozark are in the act, with 
their disco mixer garnering quite a 

number of sales. Shure Bros. sur- 
prised people with a low-cost spec- 
trum analyzer and equalization sys- 
tem with easy -to -use LED read-outs. 
Hard by the entrance to the ballroom, 
Ampex had their big display and was 
showing their 16- and 24 -channel 
recorders, as well as the super ATR- 
100, which is now available with "ear 
and cue" facilities. (Patience men, my 
report on the ATR-100 is upcoming 
soon.) Totally unexpected from Am- 
pex was their new ATR-700 tape 
recorder, which you could call "semi- 
pro" although it has features not usu- 
ally found on that kind of unit. The 
machine takes up to 10'/ -in. reels, has 
a three -motor, servo -lock capstan 
transport, sel -sync recording, equal- 
ization and bias adjustments on the 
front panel, a "dump edit" mode, and 
very fine specs on wow and flutter, 
distortion, and S/N ratio. The big 
news is its $1695 price, which means it 
should attract the interest of high -end 
audiophiles as well as industrial and 
governmental users. 

Every year, the 5th floor demonstra- 
tion rooms grow in number, and this 
year it looked like a mini hi-fi show. 
There are, in fact, many hi-fi items on 
display. Pioneer had quite a line up, 
showing their new PLC -590 quartz 
phase -locked loop turntable, with di- 
rect reading meter to indicate precise 
turntable speed. Then there was the 
U-24 program selector, with a multi- 
tude of inputs for tape decks, phono 
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The "Click 
and Pop" 
machine 

only by- 
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Ever since the invention of the recorded disc annoy- 
ing "clicks" and "pops" caused by scratches, static 
and imperfections have consistently disturbed the 
listening pleasure of music lovers. 

Now, SAE introduces the unique model 5000, an 

Impulse Noise Reduction System which eliminates 
those unwanted sounds with no adverse effect on 
the quality of the recorded material. 

This breakthrough in electronic circuitry is so dem- 
onstrably effective that the SAE 5000 is destined to 
become an essential part of any sound system. 

The SAE 5000 is compact and sleek, built to SAE's 
exacting standards, and ready to enhance the per- 
formance of any system, from the standard receiver/ 

turntable combination, to the most 
audiophile components. 

SAE is proud to add the 5000 to their 
Components for the Connoisseur. 

line of I 77 1 

1 

1 SCIENTIFIC AUDIO ELECTRONICS, INC. 1 

1 P.O. Box 60271, Terminal Annex 
1 

Los Angeles, Cal. 90060 
1 

1 Please send more information on the 5000. 
1 

Name_ 
1 

-1 
I Address 1 

1 

1 City _ State_ Zip 
1 
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SHOULD 
OUAM 

GO. 
PUBLIC? 

The chances are good that you've 
already invested in Quam loud- 
speakers, without even knowing it. 
You'd be surprised how many of 
the famous manufacturers of hi-fi 
speaker systems have Quam driv- 
ers lurking anonymously behind 
their fancy grille cloth' 

For over forty years we've cher- 
ished our anonymity at the con- 
sumer level while enhancing our 
reputation with the audio profes- 
sionals who buy speakers in quan- 
tity. They açpreciate the return on 
investment they derive from our 
attention to materials, our quality 
control, and our performance 
specifications. The experts know 
that Quam Speakers are the brand 
to buy whei you're buying more 
than one!' 

If Quam speakers can pass the 
rigorous tests of the prestige 
speaker sys:em manufacturers for 
incorporation in their high-priced 
original equipment, can they pass 
your listen rg test for replacement 
or extension use in your stereo 
system? Only if we "go public" 
and tell yoJ about them' Ask your 
audio distriibutor about Quam, the 
not -quite -so anonymous loud- 
speaker. 

Quam: 
The 

Sound Decision 
QUAMNICHOLS COMPANY 

234 East Marquette Road 
Chicago, Illinois 60637 

(312) 488-5800 

inputs, power amp outputs, etc. The 
D-23 electronic crossover network 
permits up to a four-way multi -ampli- 
fier system. A new "slim -line" pre - 
amp, the C-21, is simple in facilities 
but quite sophisticated in high per- 
formance electronics. Last, but not 
least, was the M-22 Class -A power 
amplifier. Rated at 30 watts per chan- 
nel with a THD of 0.01',, it has a sepa- 
rate power supply for each channel 
and generous heat -sinking. This kind 
of amplifier is a distinct departure for 
Pioneer. I used a prototype of this 
amp at home and found it a very 
clean, exceptionally smooth perform- 
er, although a bit lacking in bass pow- 
er at the dynamic levels I favor. I'll bet 
this amp will be used in many bi- and 
tri -amplified speaker systems. 

Dick Sequerra (of tuner fame) was 
demonstrating a mid -sized pyramidal - 
shaped speaker system which was 
quite interesting. The room he was in 
was awful with standing waves, with 
the obviously extended bass of the 
speaker exciting them. Mid -range and 
high end were clean and very smooth, 
and stereo imaging seemed quite 
stable. Eli Passen of Gotham Audio 
was flipping people with the EMT 250 
digital reverb system. With controls 
looking like the throttles on a 747, you 
can dial in the delay you desire, then 
the amount of reverb period, and you 
get a fabulous enhancement of acous- 
tic pespective with no paucity of echo 
density. For the man who has every- 
thing, it's a mere 15Gs. Speaking of 
delay systems, Bob Berkovitz of 
Acoustic Research was once again 
demonstrating his great 16 -channel 
system, this time using somewhat larg- 
er speakers than he had in Los An- 
geles. Oddly enough, I preferred the 
small units...perhaps because they 
were less obtrusive to the eye, which 
always helps in this kind of en- 
hancement. Bob tells me the consum- 
er version of the delay system draws 
ever nearer! 

The Technics room was loaded with 
tape machines...a new open -reel 
unit, the RS -150005, was quite re- 
markable. It features "isolated loop" 
tape :)rive, with a huge capstan driven 
by a quartz controlled, phase -locked, 
servo -controlled direct -drive motor, 
and affords a wow and flutter spec of 
an astonishing 0.018 per cent W rms 
(ä 15 ips. Supply and take-up reels 
have separate d.c. motors. The unit 
accepts up to 10!^2 -in. reels. Tape mo- 
tion is controlled by full IC logic. The 
RS -1500 has many other conveniences 
and features, one handy item being a 

real-time tape counter for the 15 ips 
speed. Price is $1500.00. Next unit in 

the Technics room was an "all-out" 
cassette recorder, the RS -990005. This 
machine has separate transport and 
electronics sections. The transport is a 

closed -loop, double capstan system 
with three direct -drive motors and a 

wow and flutter spec of 0.04 per cent 
W rms. The transport has full IC logic, 
three heads for true monitoring, and 
even adjustable azimuth. On the elec- 
tronics section, Dolby controls and 
bias and equalization calibration con- 
trols are all accessible on the front 
panel, and there are all sorts of con- 
veniences too numerous to mention 
here. At $1500, this recorder is ob- 
viously meant to compete with the 
top decks in the field. Finally, Tech- 
nics put their best foot forward with 
two Elcaset tape decks, the RS - 

75000S, a three -head unit with servo - 
controlled d.c. motor, and the 
RS790US which features four heads 
(one for pilot tone), four direct -drive 
motors in closed -loop double -capstan 
configuration for a wow and flutter of 
0.03 per cent W rms. Would you be- 
lieve a frequency response with Type 
2 tape of 25-23,000 Hz ±3 dB or a S/N 
ratio with Type 2 tape without Dolby 
of 63 dB? Of course, it has Dolby NR, 
so you can add the usual 8-10 dB to 
the S/N. Here again, there are far too 
many features to list, but it is some- 
thing to look forward to when Elcaset 
gets moving. 

On the quadraphonic front, JVC 
was showing its new noise -gate CD - 
450 demodulator, but attracted most 
attention with their new two- and 
four -channel recording techniques. 
Two artificial heads are used in the lat- 
ter technique, but in spite of this, with 
special equalizing and time delay, sig- 
nals are provided for loudspeaker lis- 
tening, in the four -channel con- 
figuration. The two -channel set-up 
uses the same idea, but is for normal 
stereo listening. After the AES, as 

guests of JVC, we went quite deeply 
into these new techniques. We were 
also given a unique headphone/bin- 
aural mike affair and a dummy head, 
which does some remarkable things. 
We'll bring you details of all this at an 
early date...it is utterly fascinating! 

Sansui kept its four -channel flags 
flying with the introduction of their 
9001 receiver, with 60 watts/channel 
and the latest QS vario -matrix de- 
coder/synthesizer. Also available as a 

separate unit is the QSD2 de- 
coder/synthesizer. 

As usual, there is just too much to 
cover at these conventions. If your 
goody has been passed over, cuss me 
when you next see me! Lil 
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The Sensuous Speaker: 
Vsmaha's new two-way beryllium dome 
tiS-500. o 

A very responsive speaker with a rich, 
Iscious sound. A deeply involving sound 
3ighly defined, finely detailed. 
The NS -500 is created from the same 
advanced beryllium technology that's 
-rade Yrmaha's revolutionary NS -1000 
Series speakers, in tie eyes and_ ears of 
raay audio experts, the_ highest standard 
of sounc accuracy. (Specific benef_ts of 
Vsmaha's beryllium technology have been 
1-icumerted in a parer presented to the 
5?nd Convention of :he Audio Engineer- 
ing Society.) 

the NS -50C, youget all of beryllium's 
advantages (transparency, detail, and lack 
)c distortion that go beyond the bes: elec- 
_rostatic speakers), but at a price roughly- 
--Alf that of the NS -1000. Only $500 the 
pair, suggested retail price. 

The joy of aeryllium. 
The ideal dome material for a high fre- 
.;uency driver must respond instan:ly to 
changes in amplitude and frequency of 
:he input signal. So the ideal dome mate - 

i mus: be vir_ually weightless as well 
3s extremely rig:d. 
3eryllium is the lightest and most rigid 
-etal known. Its density is less than two - 
:birds that of commonly used aluminum, 
and its rigidity is «most four times as 
g -eat -thus preventing dome deforn- ation 
and consequent distortion. What's more, 
3erylliun's sound propagation velocity is 
:vice that of aluminum. 
the beryllium dome found on the NS - 
530's high frequency driver is the world's 
ightest - about half the weight o: one 
)etal of a small sweetheart rose. Which 
s one of the reasons for this speaker's 
exceptional sensitivity and response. And 
for its sensuous sound. 

A. closer look. 
In be able to offer the sophistication of 
aerylliun at a mare aá'fordable price with- 
out sacrificing quality of performance, 
Yamaha designed the NS -500 as a two - 
..ay bass reflex system. 
This gives the NS -500 a trace more erna- 
:Lin at the low end than the resolutely 
eijective NS -1000. Eut it also gives the 
N; S-500 more efficiency (91dB SPL at one 
-eer w th one watt RMS input). Which 
-ream. you don't have to invest in the 

ghest lowered amplifiers or receivers 
order to drive the NS -500 to its full 

rated output. 
_--3-ar an optimum match with the beryllium 
tweeter, Yamaha developed a very light; 
very rig:d "shell" w.xifer. And a special 
hermetically -sealed air core LC crossover 
with a carefully selec-ed 1.8kHz crossover 
3)int. 
As a result of- these design parameters, 
.be NS -E00 boasts ar insignificant C.03% 
IHD below 50 dB SPL, from 40 3z to 
2) KHz, making it the perfect complement 

to Yarraàa s state -of -tie -art low di_oz-tion 
electrc nics. 
Under-eath he sleet monolitiic _Ming 
of its solidly crafted enclosures, hie NS - 
500 is full cI many exclusive ' maha 
features auj jisti is ive Yamaha tcches 
of craf=smaustip. 
But to. fully appreciate the beauty 4the 
NS-5CO3 }or- really should -isi= your 
Yamaha Audio Specialty Deal 
Which hringsus to something e se. 

Something mere than just 
anotFer speaker pamphlet - 

Yamaha s Lie},i:'n e Handbook jf eaker 
Systenei is a re_y through gu_de encom- 
passing all _sperts of speaker )esign, 
perfonrarce and evaluation_ Sm-ting 
with a de:ai:ec exp:anation of sneaker 
design pr-nc pies, tie discussion then 
turns a so:d base of objective :r teria, 
written in easily understood language, to 
.help you properly evaluate' a -y speaker 
in any lister =n envirombent. Already a 
much >t_ugEt-af_e- reference work among 
audio profes icnals_ Yamaha's Re'ence 
HandMk gt Speaker- Systems is a«iable 
at your Yamaha Aucio Specialty haler. 
At $5 OJ a copy, -it's well worth t=e cost. 
However, if y- u cip an the coupon in the 
bottom cones cf this page, take it sr your 
Yamaha Aud- -) Specialty Dealer and hear 
a demr_strat ur cf the exciting NS 5)0 or 
any o -her i'anial-a speaker, t'e l .jk is 
yours 'or half the )ric . 

And if you' -e nut familiar with the name 
of you: loca_'fa naha Audio Specialty 
Dealer. drop ris a line. In turn. well also 
send A['u c ireè preprint of -he Audio 
Engir eri:rt; S )áety paper o i ' nraha 
beryl! um:eóc.obgymentioned above. 

r 

This cnrpon is worth K .5( off 
the $510 suggested retail prize of 
Yamaha s Rejereace Han? book of 
SprakerS-seems, when presenbc to 
an' part_riivating Yamaha an)io 
dealer, ait -r a denonstratictn of any 
Yamaha sneaker system. 
Offer exi re %larch 1,1977. 

P. Bc> eCU Buena Park, CA 9_ 
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After eoe learn 
done, 

no one will heckle 
our speakers. 

We're as close to the impossible 
as possible. 

Our new speakers color sound. 
Anybody's speakers do. 
Should someone tell you other- 

wise, they speak with forked fre- 
quency response. 

We at Sony approached the devel- 
opment of the SSU-2000 with this 
grim reality in mind. 

Thus our goal was to create a line 
of speakers with a minimum of col- 
oration. With a frequency response 
flat and wide. With low distortion. 
And with repeatability. Which iscrit- 
ical. Which means that each speaker 
we turn out will sound like the one 
before and the one after. 

Searching and researching. 
Our basic dilemma was that 

speaker specs don't specify much. 
You can build two speakers with 

identical specs, and find they'll 
sound non -identical. 

That's because your sophisticated 
ear can pick up differences our 
clumsy measurements can't. 

Some examples: 
You can hear how pure water is. 

The purity of the water in which the 
pulp for the speaker cone is pressed 
will influence the sound. (Spring 
water is the best.) 

But water purity would hardly 
change the frequency response-or 
any other measureable character- 
istic. 

Nor would the dye used to color 
the cone-or the glue used in gluing 
the cabinet. 

But you'd hear the dye and the 
glue. 

And there are dozens and dozens 
of elements that interact this way. 

So our job was mammoth. To cor- 
relate these factors in order to 

reach the goal we outlined earlier. 
Changing one changes the other 
and almost changed our minds 
about going into the speaker busi- 
ness. 

But we stuck it out. And found the 
answer to the juggling of these vari- 
ables thanks to a major technologi- 
cal innovation. 

Trial and error. 
That's why we labored for three 

years to bring you our speakers. 
While other manufacturers rushed 
frantically to market with theirs. 

We keep the whole world 
in our hands. 

Once we understood how to con- 
trol the sound of our speakers, we 
realized we had to control what 
went into our speakers. 

So we did the only logical thing. 
We built a plant. 
And pursuing that logic, we built 

it at a place called Cofu. Which is at 
the base of Mt. Fuji. Where we can 
get all the spring water we want. 

This factory does nothing but 
produce-under outrageously close 
control -the components for our 
speakers. 

Whatever we do buy, we specify 
so carefully that our vendors 
have nightmares about us. (It's 
unfortunate that we can't make 
everything ourselves, but only 
God can make a tree, and only wood 
can make a fine cabinet.) 

Few companies make this effort. 
So it's safe to say that when it 

comes to exercising this kind of 
control, our speakers are a voice in 
the dark. 
Don't judge a bookshelf speaker 

by its cover. 
As you can see, there's a lot that 

goes into producing a speaker that's 
Suggested retai I prices: SSU-2000 $150 each; SSU-1250 $100 each; SSU-1050 $130 a pair. 

not easily seen. (One beautiful 
exception -- the handsome finish 
on our cabinets.) 

That includes the carbon fiber 
that we mix into the speaker cone 
paper. 

Carbon fiber is light and strong. 
(Why they don't use it in girdles we'll 
never know.) 

Light, so our speaker is more 
efficient. Meaning you need less 
power to operate it. Meaning you 
are closer to the ideal of con- 
verting electrical energy to mech- 
anical energy without a loss of 
power. 

Strong, to prevent the cone from 
bending out of shape in the high fre- 
quency range. 

Moreover, carbon fiber doesn't 
resonate much. It has what's called 
a low Q, and it took someone with a 

high IQ to realize it would absorb 
the unwanted vibration rather than 
transmit it down the cone. 

We also cut down on unwanted vi- 
bration (as opposed to the wanted 
vibration, which is music), by using 
a cast aluminum basket rather than 
a stamped, shoddy cheap metal 
one. 

We could go on, but at this point 
the best thing would be for you to 
move on to your nearest Sony 
dealer. And listen. 

Because the results of our three 
years of labor will be clear after 
three minutes of listening. 

At which point, far from heckling 
our speakers, you'll be tempted to 
give them a standing ovation. 

© 1976 Sony Corp. of Arnenca. Sony, 9 W. 57 St. , NY, N V 10019 
SONY ,s a trade.nrk of Sony Corp. 
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Contented Mac Owner 
Dear Sir: 

I was pleasantly surprised to find 
yoU reviewing the McIntosh C-28 Pre- 
amplifier. I've had the joy of owning 
one for almost four years now, and it 
looks and works like the day I brought 
it home. And your note that it weighs 
25 pounds really brought a point 
home to me, ruggedness of construc- 
tion is something I value just as much 
as performance. I would never think 
of trading my "28" for anything else 
on the market because of its quietness 
and incredible versatility. 

How about reviewing one of their 
new super cool -running amps, like 
the MC -2205? You'll be amazed at the 
clarity of sound and the incredible 
metering/overload system. Or how 
about a unique product like the MPI- 
4 Maximum Performance Indicator? 
I've really raised my awareness about 
power levels with the dual vertical 
line readout that indicates power out- 
put in real time, averages or displays 
the last highest peak. And the huge 
multipath display (fed from their MR - 
78 tuner, of course) is the first I've 
seen that's truly easier to use than me- 
ters and much more informative. 

have one question to ask your 
manufacturer/advertisers: When, oh 
when, will someone please make a 

CD-4/SQ/QS Super -Deluxe Demo- 
dulator combination for us poor, frus- 
trated top -of -the -line component 
owners? I'm gonna sit tight with my 
$8,000 two -channel until somebody 
sees the light. Come on, let's get go- 
ing! 

J.H. 
Detroit, Mich. 

Editor's note: There are several 
good demodulator/decoders which 
have recently come onto the market. 
While they may not be on a par with 
your equipment, they are nonetheless 
a step in the right direction. 

AM Fidelity 
Dear Sir: 

As chief engineer of an AM/FM sta- 
tion I read with interest Eric Norberg's 
letter in the November 1976 issue of 
Audio relating his experiences with 

high grade AM broadcasting and re- 
questing the inclusion of AM tuner 
data in your Equipment Profiles. 
Here's my two -cents worth on the 
"low fidelity" AM band. 

AM broadcasters have been using 
studio equipment that delivers at least 
50 Hz -15 kHz response with low dis- 
tortion for quite a few years. Usually 
they are monaural versions of audio 
equipment used for FM broadcasting. 
In some cases, the same studio is used 
for both AM and FM origination, with 
the monaural AM feed developed 
through a simple summing of the left 
and right channels through a bridging 
amplifier. 

It has been routine to find 50 Hz -15 
kHz response with reasonable dis- 
tortion in even 10- to 15 -year -old 
transmitters. Current AM transmitters 
are starting to use various forms of 
pulse code modulation to improve 
their phase linearity. With these trans- 
mitters, it is not unusual to find fre- 
quency response, transient response, 
THD and IM distortion quite close to 
the FM transmitters available five 
years ago. 

The major limiting factor in trans- 
mitting a high quality AM signal has 
been the bandwidth of the trans- 
mitting antenna. Recently broad- 
casters have realized that any re- 
sponse limitation in the antenna sys- 
tem has a direct effect on the amount 
of audio power reaching the air. 
When you add this to the realization 
that many broadcasters are becoming 
more audio conscious in order to 
have a competitive edge in a tight 
marketplace, it is easy to see why 
many AM broadcasters are broad - 
banding their antennas to give good 
audio response up to 15 kHz and even 
beyond. 

An AM station with a reasonably 
broadband antenna can actually 
broadcast a better top end than an FM 
station, since AM is not saddled with 
the 754S pre -emphasis curve used in 
FM broadcasting. This means that 
properly received broadband AM can 
sound like Dolby encoded -decoded 
FM broadcasts. 

While there are some operators, on 
both AM and FM, who use signal pro- 

cessing as an end in itself, most re- 
sponsible broadcasters want to put 
out the best signal they can. Most of 
the "sins" committed by the average 
AM broadcaster in the area of signal 
processing are attempts to com- 
pensate for the extremely poor per- 
formance of current AM tuners. It is 

not unusual for a so-called "high fi- 
delity" AM tuner to have a high fre- 
quency roll -off that starts around 3-4 
kHz while "boasting" a distortion fig- 
ure of 5-10 per cent at 85 per cent 
modulation. Since the AM band is 

crowded in many areas, it should also 
have switchable 5-8 kHz low-pass and 
10 -kHz notch filters for use when 
needed. Good sensitivity would be 
around 0.5-1 mV for a 20 -dB signal-to- 
noise ratio. To date, the only receiver 
I have found that approaches these 
figures is a vintage tube -type Mc- 
Intosh MR -55, which I use for home 
AM listening. 

You will notice that I used 85 per 
cent modulation as the reference 
point for my distortion figures. Since 
the FCC specifies this as the minimum 
peak modulation level, it does not 
make sense to use 30 per cent modu- 
lation as a reference. Even if there was 
not this FCC requirement, I don't 
know of any station that would con- 
sistently modulate at this low level. 

When you consider the advances 
made within the past decade in FM 
tuner performance, it is sad and frus- 
trating to me to realize that the cur- 
rent AM tuners are solid-state ver- 
sions of the receivers used during 
WW II. I would like to second Mr. 
Norberg's request for the inclusion of 
AM tuner data in your Equipment 
Profiles, if for no other reason than to 
shame manufacturers into making a 

high quality AM section available, if 
only as an option. 

Lou Schneider 
Chief Engineer KTIM/KTIM-FM 

San Rafael, Cal. 

Jailhouse Musicians 
am writing with the hopes that Au- 

dio Magazine will print this letter. I 

am a member of an organization 
known as the C.C.I. Music Association 
which is composed of both profes- 
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Introducing the Avid lOL 
A rational solution to the problems of 

2 -way speaker design. 

Designing a reasonably 
priced 2 -way speaker system has 
always had its problems. One of the 
most perplexing of which has been 
engineering a speaker system with 
both well -dispersed midrange and 
really extended bass. 

The bass vs. 
midrange dilemma. 

In one respect, a 6 or 8 inch 
woofer is preferable for a 2 -way 
speaker system because its small 

diameter 
affords bet- 
ter disper- 
sion in the 

critical mid- 
range area 
up to the 

crossover point 
where the high 
frequency driver 
takes over. 

But, a 
small diameter 
woofer just isn't 

capable of han- 
dling the power 

required for really extended bass 
(say to 30 Hz) in traditional designs 
without the use of costly electronic 
equalizers. 

A real dilemma. The best 
solution to which we feel lies in a 
unique new 2 -way speaker system- 
the Avid Model 101. 

A rational 
solution. 

Con tk i tiUnc 1R°' ttNM III Y 

iedireelinnal Ar mùGa>ige. 

11 
.Y" 00k)) 
afford., sherirn-- 
midra? gedispcvsion. 

The Avid 101 overcomes the 
traditional bass versus midrange 

dilemma through an unusual combi- 
nation of a large vented enclosure and 
a specially engineered 8 inch woofer. 

Unlike conventional vented 
designs, the Avid 101's vented 
enclosure is used to extend the bass 
response of the system, rather than 
to increase the efficiency. This 
unique design (essentially a 4th 
order Chebychev filter alignment) 
achieves really extended bass - 
down 3 dB at30 Hz-while the use 
of an 8 inch woofer insures a smooth, 
well dispersed midrange up to its 
2500 Hz crossover point. 

Of course, no ordinary 8" 
woofer could do the job. It took us 
over a year to perfect the woofer 
design and it's quite unique. For 
example, it utilizes an unusually 
large magnetic structure and a 
specially developed rubber -edged 

cone of almost twice the weight and 
stiffness ..ypicallv used. 

But you have to actually 
listen to the Model 101 to really 
appreciate just how well it solves 
the traditional problems of the 
2 -way speaker. 

A high end 
to match. 

Things just wouldn't be 
complex if we didn't give the 101 

a high -end performance that was 
every bit as good. 

Which is 
why the 101 has 
three tweeters 
instead of just one. 
A primary, front - 
facing tweeter that 
comes in at 25(X) Hz 
and two side -firing 
units that kick it around 3500 Hz. 

The result is full 180° disper- 
sion in the high end all the way up to 
15 kHz for a sense of imagery and 
openness which, until row, was 
unavailable in al but the highest 
priced speakers. 

The right choice 
for most listeners. 

We believe that the Avid 
Model 101 truly represents an 
advancement in two-way loudspeaker 
design and is the completely right 
choice for the vast majority of 
serious listeners. 

Find out for yourself at your 
nearest Avid dealer. Be an Avid 
listener. 

Check No 5 on Reme. Service Card 



this stylus 

tits any Shure 

cartridge 

One size FN 

al Shure 
phono 

cartridges 

IDEAL FOR 

SHURE 
oath dges 

Replacement 
stylus for 

Shure 
V-15 

rep aces 
Shure 

Pr195E U 

stylus 

Needle in the hi-fi haystack. 

Even we were astounded at how 
difficult it is to find an adequate 
other -brand replacement 
stylus for a Shure cartridge. 
We recently purchased 241 
random styli that were not 
manufactured by Shure, but 
were being sold as replacements 
for our cartridges. Only ONE of 
these 241 styli could pass the 
same basic production line 
performance tests that ALL 
genuine Shure styli must pass. 
But don't simply accept what 
we say here. Send for the 

documented test results we've 
compiled for you in data 
booklet #ÁL548. Insist on a 
genuine Shure stylus so that 
your cartridge will retain its 
original performance capability 
-and at the same time protect 
your records. 

Shure Brothers Inc. 
222 Hartrey Ave., Evanston, IL 60204 
In Canada: A. C. Simmonds & Sons 
Limited 

H 
MANUFACTURERS OF HIGH FIDELITY COMPONENTS. MICROPHONES, SOUND SYSTEMS AND RELATED CIRCUITRY 

sional and amateur musicians. There 
are four different types of music 
groups: Jazz, Rock/Blues, Soul, and 
Country & Western. The difference 
between this and other musical orga- 
nizations in the music field is that 
members of the C.C.I. Music Associ- 
ation are serving time at the Chilli- 
cothe Correctional Institute. 

We would like to expand our mem- 
bership to include outside people, 
whether they are professional or ama- 
teur musicians, or people who just 
like to listen to good music. You don't 
have to play an instrument, or even 
know how to read or write music to 
become a member. As a group, we 
can get a lot done if we have an out- 
side membership. 

If any of the Audio readers are in- 
terested, please write to either 
George Williams, President, or to me, 
Steve Griffith. We will see to it that 
you receive a copy of our constitution 
and by-laws, plus a fact sheet explain- 
ing what we are trying to accomplish. 
If you don't wish to join, but know of 
someone who would like to donate 
musical instruments to our organiza- 
tion, please put them in contact with 
us. I hope that there are people inter- 
ested in joining our organization. 
Thank you. 

Steve Griffith #144-539 
P.O. Box 5500 

Chillicothe, OH 45601 

Reissue Suggestion 
Every month the hi-fi and record 

magazines carry reviews of the re- 
issues of old records. 

May I make a suggestion for consid- 
eration by those responsible for se- 
lecting these records of historical or 
artistic value: reissue those famous 
early electrical recordings by the As- 
sociated Glee Clubs of America. 

L.K. Crabtree 
Vineland, Ont. 

Canada 
Editor's Comment: Are there any 

other suggestions for reissue? E.P. 

Prof. Lirpa Exposed 
Dear Sir: 

I am new to this country and I was 
recently thumbing through some 
back issues of Audio Magazine, 
among them the April 1976 issue. 
Who are you trying to kid with your 
zany accounts of Prof. I. Lirpa? I don't 
know if you've divulged this to your 
readers, but I. Lirpa is Eaotin Shirdlu 
backwards-you don't fool me. 

Rishiyur Nikhil 
Phila., Penna. 

Check No. 36 on Reader Service Card AUDIO February 1977 



The new Dual CS721 

The new Dual C5721 is the ultimate exrression cf tie prircjIes -hat 
determine the pe -fo -mance of tciecrms and dive systems. Its sira ght-Gne, 
tubular tonearm , vois horizontclly end vertically w thin o -rue,. lour -point 
g mbal, thus main -Dining dynamic balance ina planes. 

Another Dual in17o' tion-Vertical Toneanm Control-contributes in yet 
a lother way to fine tracking performance. A mernier height adjus-ment over 

on 8mm range parallels the 
-Diearm to the record with any 

g represents ts ever thin cartridge.Thiselim- p y diales-hecd-ed mass 

Dual has learned of cartridge spacers ctherwise needec to 
achieve precise vertical tracking a xi e. In all, 

about turnrtabl -here are seder tonearm settings es. :arid adjus-wants f -cm stylus 
overhang to cueing hheigi- and des enl speec - all serving tc optimize tracking 
performance with any caartridge. 

The direct -drive system of the CS721 is of comparable precision. The elec- 
trenically-controller_, DC. erushless motor is tie smoothest and quietest ever 
Trade. A major corir-ibu-ion to this ene result is an exclus ve Dual featjre: two 
stacked coil layers, eac-t consisting of eight co-eless bif lar-wounc coils, -hat 
overlap to achieve a g"ip ess rota-ing magne -i: Meld. This eliminates the suc- 

cessive magnetic pulses typical of all cther motor designs. 
Although the CS721 is Dual's most expe-rsive. model t is hard y -he most 

expensive turntab e aa lable today. When you make compirisorl:_, as we 
believe you shoulc. you ray well censicer the S721 cons ce-acly uncerpriced. 

Dual 

Cr_.. 
Straight-line tubular-©ne.arrn provides maxim_ rt torsi D 
rigidity anc lowest effective nass. With tae sane effective 

taiearm length and tangen= a -racking error any Dther shape 
must eiitf-er sacrifice rigidity or increase mos<_. 

United Audio Products 
120 So. Co _irbcs ave., Mt. Ve -nor N.Y. l0_`.` 

IFeDuai CS721. S ngle-pla 
1r.ve turntable with fully 
autarrcatic start and st 
DluE continuous,.4. 
epec-. Featur 
nclude. : 10% el 
'Tor ;pitch contra.. 
Ilunnünated strobe, dynan' 
cal aolonced 12"" platter. 
_ess than S400, including base 
andc:+ver. Dual CS704. Similar except 
semi -automatic. Mechanical sensor locciéa 
lead -i i groove of 12" and 7- records; to-earrn Iris 
ric r-otor shuts èff at end of play. Less t -ton S3i 0, 
inducing base and cover. 

Speci=ications (DIN B): CS72-, > 72cB; 
Wow and flutter: < --t0.03% 

CS704, ` 70c 3. 

Co Jnrferba lance contains two 
mechanical filte-s, tuned to 

absorb energy in resonance - 
frequency ranges of 

onearm/ccatri:fge system 
and chassis to aoid feedback. 

Other Dual turntables: Fully automatic, si igle -play, mrilti-play: 1225, essthan S140,1226 less than S170. 

a h $200 244g,fat. than E2e, . 13m,- t i ic ,g4,11 ats 532, less than 5160:510 less t -rai 5200. 
Cif ck No. 11 on Service Reader... . e.- 

Reader Car. ̀Ä 



Build a 
Class A 
Amplifier 

Nelson Pass* 

In spite of 
their high cost 
and low efficien- 
cy, class A power 
amplifiers have re- 
cently been receiving 
more attention from 
audiophiles who demand un- 
compromising accuracy. Both 
the price and quality of these 
amplifiers result from the operation of 
their output stages in class A mode, 
where the amplifying devices are con- 
stantly operated in their near region, 
above cutoff and below saturation. 
Whether made from tubes or semi- 
conductors, circuits operating in class 
A mode yield the smoothest transfer 
functions and widest bandwidths, 
hence their near universal application 
in preamplifiers and other low power 
circuitry. 

Most audio power amplifiers use 
class A circuitry except in the drive 
and output stages, where they use 
class B or AB operating modes to 
achieve high efficiency. In class B and 
AB modes, the output stage operates 
in a push-pull configuration, where 
one set of output devices delivers 
positive voltage and current and an- 
other set delivers negative voltage 
and current. When one set is working, 
the other set is turned off. This 
scheme operates efficiently, but has 
two serious flaws, the extremely non- 
linear characteristic of the transistors 
at the collector cutoff region and the 
turn-on/turn-off times of the devices. 
Designers of transistor amplifiers have 
tended to use large amounts of nega- 
tive feedback to correct for the non - 

*President, Threshold Corp. 

Power: 

Frequency Response: 
Slew Rate: 

Damping Factor: 
Noise: 

Harmonic Distortion: 

Designer's Specifications 
20 watts/ch. 8 ohm, 24 watts/ch. 6 ohm, and 28 
watts/ch. 4 ohm. 
-3 dB at 0.33 Hertz, -3 dB at 500,000 Hertz. 
30 volts/microsecond, leading and trailing edges. 
100 from d.c. to 50,000 Hertz. 
0.8 millivolt at the output, primarily 120 Hertz. 
Below clipping, harmonics are limited to second 
and third; 
all other harmonics were below our 90 -dB test 
residual; 
at 16 watts, 20,000 Hertz and 8 ohms, -73 dB second, 
-74 dB third; 
at 10 watts, 20,000 Hertz and 8 ohms, -75 dB second, 
-75 dB third; 
at 5 watts, 20,000 Hertz and 8 ohms, -76 dB second; 
at lower frequency?s and power levels, the distor- 
tion becomes very difficult to measure accurately. 

linearities, but this works well only at 
low frequencies. At high frequencies, 
the feedback loop is unable to make 
adequate corrections, and the dis- 
tortion that occurs at the output is ag- 
gravated by overloaded front-end cir- 
cuitry. 

The usual total harmonic and inter - 
modulation distortion figures do not 
reveal the abrupt output stage dis- 
tortions accurately because of the av- 
eraging factor involved in such mea- 
surements. A spike of crossover dis- 
tortion may reach 2 per cent, but if it 
occurs only over 5 per cent of the 
waveform, it averages out to a re- 
spectable 0.1 per cent distortion fig- 
ure. Considering this error factor, it is 

easy to see why two amplifiers with 
the same specifications can sound so 
different. To properly evaluate the 
distortion, peak distortion and har- 
monic distribution must be consid- 
ered. Typical class A amplifiers will ex- 
hibit low order harmonics, and their 
peak distortion is less than twice the 
average distortion. In class AB ampli- 
fiers, very high orders of harmonics 
occur, and the peak distortion can be 
as much as thirty times the average 
distortion. 

Another problem common to class 
B and AB output stages is due to the 
unequal turn-on/turn-off times of the 
transistors. Because the turn-off time 
is greater, both transistor sets can con- 
duct uncontrollably under high slew 
conditions, making it dangerous to 
operate the amplifier at high fre- 
quencies, a particularly bad problem 
with some quasi -complementary de- 
signs. 

In a class A output stage, however, 
there are no abrupt nonlinearities and 
no turn-on/turn-off delays. The 
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smooth transfer characteristic yields 
low order harmonic distortions, and 
these harmonics can easily become 
unmeasurable at low power levels. 

Circuitry 
In the course of our research, we 

developed a small class A power am- 
plifier which delivers 20 watts into 8 

ohms. It offers excellent performance 
over a wide bandwidth, and the de- 
sign is simple and stable enough that 
it can be built by the advanced con- 
structor at low cost and with a min- 
imum of test equipment. The parts 
utilized are usually available off the 
shelf from Motorola and RCA distrib- 
utors, and the design will accomodate 
the usual variations in components 
without problems, so that it is unnec- 
essary to select semiconductors for 
particular characteristics. A stereo 

INPUT CI R2 

IN 

Fig. 1-Basic circuit configuration. 

Fig. 2-Overall schematic. 
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Fig. 3-Positive of circuit board pattern, shown one to one. 

Fig. 4-Component location guide for parts side of PC board. 
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Table II-Parts List for One Channel. 
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version of this amplifier can be built 
for approximately $200.00. 

The basic circuit configuration is 

shown in Fig. 1, where an input differ- 
ential transistor pair drives a current - 
sourced transistor, forming the two 
voltage -gain stages of the amplifier. 
The output of the second voltage -gain 
transistor drives a triple emitter -fol- 
lower output stage, which provides a 

current gain of somewhat less than a 

million. The four current sources in 
the circuit are used to simultaneously 
increase the bandwidth and linearity, 
accomplishing this by idling semi- 
conductors at currents much larger 
than the currents required to drive 
the amplifier. With the exception of 
the output stage, the gain transistors 
operate with only small variations 
about their operating points. 

The compensation capacitor shown 
in Fig. 1 is used to provide damping 
for the circuit, eliminating overshoot 
and ringing in the output. Its effect is 

the reverse of the usual lag com- 
pensation employed in transistor am- 
plifiers because it actually reduces 
transient intermodulation effects by 
creating an internal high frequency 
feedback loop similar to the damping 
circuits found in servo systems, where 
the front end of the amplifier can sat- 
isfy its own loop requirements at high 
frequencies, avoiding front-end over- 
load. 

The schematic of the actual ampli- 
fier is presented in Fig. 2. The transis- 
tors Q3,6,7,13,14,15,16 form the cur- 
rent sources of Fig. 1. Their current 
value is governed by the active volt- 
age source of Q8, where the circuit is 

stabilized by taking feedback from 
R22. This current sourcing system ac- 
curately tracks the current value once 

Q1,2,3 8 Motorola MPSLO1 
Q4 RC'A 1A16 
Q5,6,7 RCA 1A15 

Q9-16 Motorola 2N5877 
D1,2 1N914 
D3 Any germanium diode 
D4 5 1N4004 
C1,2 1,000 microfarad, P C 

mount, electrolytic, 16 volt 
C3,4 75 picofarad, 5% polystyrene, 

mica, or mylar 
C5,6 100 microfarad, 50 volt, 

PC mount, electrolytic 
C7 0.004 microfarad, 5% 
C8 0.1 microfarad, 20%, 100 volt 

All resistors 5%, 1/4 watt, carbon 
film unless otherwise specified. 
R1 1 megohm 
R2 1 kohm 

R3 10 kohm 
R4 470 ohm, 1%, metal film, 1/4 watt 
R5 4.7 kohm, 1%, metal film, 1/4 watt 
R6 680 ohm 
R7 680 ohm 
R8 100 ohm 
R9 100 ohm,5%, carbon comp., 1 watt 
R10 47 ohm,5' 0, carbon comp.,1/2 watt 
R11 68 ohm 
R12 47 ohm 
R13 4.7 kohm 
R14 4.7 kohm 
R15 47 ohm 
R16 5 kohm trim potentiometer, 

from C.T.S. 
R17 1.5 ohm,5%,carbon comp.,1 watt 
R18 1.5 ohm,5%,carbon comp.,1 watt 
R19_24 0.22 ohm, 5%, wirewound, 

1 watt from IRC (TRW) 

R25 10 ohm,1/2 watt,carbon comp.,5% 

Power Supply Parts for Two Channels 
Ti Signal 56-12 
Bi ,2 Diode bridges, 25 amp, 100 volt 
C1,2 0.05 microfarad, 600 volt 
C3_6 20,000 microfarad, 50 volt, 

computer grade electrolytic 
Fi 10 amp, fast blow fuse 
F2,3 4 amp, fast blow fuse 
F4,5 2 amp, fast blow fuse 
Si Heavy duty SPST switch 

Miscellaneous 
A.C. line cord, five fuse holders, 
chassis, heat sinks for output stage, 
four TO -S heat sinks (Thermalloy 
22286 or equivalent), input and out- 
put connectors, two 0.1 /IF capacitors 
22% 10 volts. 
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lntroducingthe BIC 
Electronic rive 1000. 
With two motors. 
Electronic controls. 

"Pause cueing." 
Remote control. 
And a waiting list 
a 

Sorry about the waiting list, but when you see it you'll understand. Here you have a purist's tone arm 
and superb playback in a "bee eye cee" belt drive unit which we believe promises better long -run 
performance than a direct drive unit. At about $279, we think it's irresistib e. See what you think at 
your high-fidelity dealer's. You'll find our 5 turntables folder there. Or write to British Industries Co., 

Westbury, N.Y.11590. 

Ti.rnitabl as 0 
©1976 British Industries Co., A Division of Avnet L.c. 

Check No. 3 on Reader Service Card 



120V 
60Hz 

FI 
SI 

F 
CI 

TI 

Fig. 5-Schematic of power supply. 

it is properly adjusted. The one-to- 
one circuit board pattern and an up - 
sized parts location guide are given 
in Figs. 3 and 4. The location of the 
parts is self explanatory, except that 
Q5 and Q7 must be fitted with heat 
sinks. Reasonable care must be taken 
to avoid overheating the semi- 
conductors and other components 
during soldering, and high -wattage 
soldering guns must not be used. If 
any substitute transistors are used, it 
may be necessary to adjust the values 
of C7 and C4 for stable operation us- 
ing an 8 -ohm non -inductive load and 
driving the amplifier with 100 kHz 

32 square waves. If the amplifier should 
exhibit high frequency oscillation, in- 
crease the value of C4 or decrease the 
value of C7. 

For this amplifier, there is no such 
thing as too much heat sinking for the 
output stage. Extravagance in this area 
is no vice, and good ventillation is sim- 
ilarly very important. The use of more 
than 100 square inches of black -an- 
odized aluminum heat sink per out- 
put transistor should allow for oper- 

Fig. 6-Overall wiring diagram. 
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GROUND 

ation without a fan. A safe rule of 
thumb by which to evaluate the quali- 
ty of heat sinking is to see whether or 
not you can place your hand on the 
heat sink without hurting yourself. 
The heat sink should be grounded to 
the chassis of the amplifier, and heat - 
conducting insulators must be used 
with a liberal quantity of silicone 
grease between the heat sink and the 
output transistors. 

Figure 5 shows the power supply for 
a two -channel system which will allow 
different supply voltages for optimiza- 
tion of the output power versus load 
impedance. The 105 volt primary tap 
of the transformer will serve for 
8 -ohm loads, the 115 volt tap for 
6 -ohm loads, and the 125 volt tap for 
4 -ohm loads. With a 120 volt a.c. line, 
the maximum power yield is 20 watts 
per channel into 8 ohms, 24 watts into 
6 ohms, and 28 watts into 4 ohms. To 
alter the amplifier for optimal per- 
formance into a given load, the tap 
must be changed and the amplifier 
must be rebiased. If the diode bridges 
in the power supply are not mounted 
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R 
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on a metal chassis, they too must be 
provided with heat sinks. Use 16 - 
gauge wiring in the power supply and 
amplifier output connections, while 
24 -gauge wire is adequate for other 
connections. It is important that all of 
the ground connections be shared by 
both channels at one point on the 
ground bus. The ground bus must 
connect all four power supply capaci- 
tors and be of heavy gauge. Addition- 
al wiring information is given in Fig. 6, 
where the grounding and power con- 
nections are to be followed literally 
for low noise. At the input con- 
nectors, the ground of the input is 

physically isolated from the chassis. A 
0.1 ;IF capacitor connects each input 
ground to the chassis at the input and 
is used to eliminate r.f. pickup. 

Set Up 
Biasing the amplifier is quite easy 

with either a d.c. voltmeter or an os- 
cilloscope. Before turning on the am- 
plifier, R16 must be adjusted for max- 
imum resistance (minimum bias cur- 
rent). If the bias is set too high, the 
negative power supply fuse will blow 
without damaging the circuit. If this 
occurs at one extreme setting of the 
potentiometer, replace the fuse, set 
the pot to the other extreme, and try 
again. After the amplifier is turned on 
and doesn't blow the fuses, the bias 
must be set by adjusting R16, prefera- 
bly using an oscilloscope. Using an os- 
cilloscope, the bias is adjusted by driv- 
ing the amplifier with a sine wave into 
the appropriate load resistor value. 
Set R16 so that the amplifier clips into 
the load on the negative half of the 
wave before the positive half clips. 
Then operate the amplifier for 15 min- 
utes without an input signal. After 15 

minutes, readjust the bias for sym- 
metrical clipping of the circuit when it 
is very slightly overdriven. Repeat the 
adjustment again in 15 minutes to in- 
sure that the heat sinks have reached 
thermal equilibrium. 

If using a high quality d.c. volt- 
meter, the bias can be adjusted by a 

similar procedure, measuring the 
voltage occuring across R22. For an 
8 -ohm load, the voltage across R22 
should be 125 millivolts. For 6 ohms, 
the voltage is to be 170 mV, and 220 
mV for 4 -ohm loads. As before, the 
bias must be adjusted slightly low and 
increased slowly to the proper value 
after the amplifier has warmed up. 
The voltage should be monitored and 
adjusted periodically over a half an 
hour or so. 

The prototype amplifier was built 
without specially selected com- 
ponents and the only adjustments 
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dew Dahlquist products 
greatly improve 

se the performance 
our speaker system. 

Du four 

-s and 

.ld consid- 

..stening enjoy- 

.aed are a remarkable 

ofer system and two 

Jssover units, electronic and 

passive. Also available is an 

attractive stand for our popular 

Dahlquist. DQ-10 loudspeaker, 

which will improve both per- 

formance and appearance. Ask 

for a demonstration at your 
Dahlquist dealer. 

DQ-1W LOW -BASS MODULE - 
A superior subwoofer design. 
Adds an octave or more of 

extremely tight, well defined low 
respcnse to most speakers. Propa- 
gates considerable acoustic output 
to 20 Hz and below. Its fast rise/ 
decay times assure excellent coher- 
ence with high -definition speakers. 
Use with either the passive or active 
Dahlquist crossovers below. High 
quality 13" driver with heavy cast 
frame and 12,000 Gauss magnet. 
Oiled walnut finish with satin alumi- 
num trim. 

DQ-MX1 PASSIVE CROSS- 
OVER. For connecting any 
8 ohm center -channel sub - 

woofer without requiring another 
amplifier. Features: 3 -position bass 
level switch; phase switch; frequency 
selector for 60 or 80 Hz crossover. 

DQ-LP1 ELECTRONIC LOW- 
PASS FILTER. For optimum 
results as a no -compromise, 

biamplified system. Features: con- 
tinuously variable crossover settings 
from 40 to 400 Hz, @ 18dB/octave; 
bass level adjustments with up to 
15d8 gain; 0 to+5d8 equalization 
at 20 Hz; bypass switches silence 
subwoofer and restore full -range 
response to main speakers; separate 
outputs for stereo and mixed -center - 
channel subwoofers; A unique com- 
bination of active low-pass and 
passive high-pass sections prevents 
any degradation of high frequency 
performance quality. 

ST -10 OPTIONAL STANDS. 
For owners of our Dahlquist 
DQ-10 speakers. Improve 

radiation characteristics, especially 
noticable in the lower -midrange/ 
upper -bass regions. Packed two to a 

carton. Assembles with six screws. 

EPA IILQUUST 
27 Hanse Ave., Freeport, N.Y. 11520 

Check No. 10 on Reader Service Card 



Fig. 7-Response to a 20 -Hz square 
wave. 

made were the output bias currents. 
The amplifier yielded the perform- 
ance figures shown in Table I. 

The amplifier's response to square 
waves is shown at 20 Hertz (Fig. 7) and 
at 100,000 Hertz (Fig. 8).. Figure 9 

shows the waveform at 500,000 Hertz 
at -6 dB power level. All tests were 
conducted with non -inductive load 
resistors, but the performance re- 
mains Unaltered with reactive ele- 
ments in the load. The amplifier's dis- 
tortion characteristics remain virtually 
unchangéd with fully reactive loads, 
and we were unable to detect a sig- 
nificant difference in harmonic ampli- 

ï 

Fig. 8-Response to a 100 -kHz square 
wave. 

tudes between an 8 -ohm load and a 

2-microfarad capacitor driven at 10 

kiloHertz. 
The amplifier cannot be damaged 

by shorting the output or by over- 
driving the input. It does not require a 

load for stability and can be safely 
driven into any load at any frequency. 
The components are chosen for very 
conservative operation; for example, 
the output transistors are operated at 
a third their rated voltage, a tenth 
their rated continuous current, and 
about a tenth their dissipation capa- 
bility, insuring a long life span for the 
amplifier. 

Fig. 9-Response to a 

wave. 

After extensive listening to 
concluded that the sonic purity 
amplifier more than justifies its 
power consumption (less than a ci. 
TV). The sound is neutral, and 
have found it useful as a tool in eval 
uating preamplifier circuits, as it out- 
performs quite a few of them. It also 
serves well in driving electrostatic 
headphones and as the high frequen- 
cy driver in a multi -amp system. 

Technical assistance may be obtain- 
ed by writing Threshold Corporation, 
Suite E, 1832 Tribute Rd., Sacramento, 
Calif. 95815, and enclosing a self-ad- 
dressed, stamped envelope. Ltl 

One step nearer 
the reference 

Model 
104 

aB. 

Computer -based analysis has led KEF engineers to a 

significant advance in speaker performance-the acoustic 
Butterworth (aB) filter network. Now, replacing 
conventional filter circuitry in the renowned Model 104, it 
transforms performance with reduced coloration, increased 
stereo depth and imaging. A difference you can hear. An 
advance radical enough to justify making the new network 
available for replacement in existing Model 104's - see your 
dealer about this. Power rating is higher too- 100 watts 
program - with fuse protection for the tweeter. So KEF 
engineers have seemingly done the impossible-taken the 
superb 3 speaker system that reviewers already praised for 
its clean, uncolored 'reference' sound - and improved it. 
Model 104aB- one step nearer the reference- live sound. 

KEF Electronics Limited Maidstone Kent England 

u 
Distributed in the U.S.A. in ºonjunction with tl 

frominiF 
e speakerengneers INTRATEC 

399 Jefferson Davis Highway Arlington Virginia 22202 

And in Canada: Smyth Sound Equipment Ltd, 
595 Parc Industriel, Longueuil,.Quebec J4H 3V7. 
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Creative Technology! 
The MXR Compander and Stereo Graph c Equalizer 
provide you with the ultimate in creative sounds. 

The MXR Compander is a noise reduction device 
capable of doubling the dynamic range of most open 
reel and cassette tape decks, allowing professional 
results in home recording. In operation the Compander 
compresses the dynamic range of the signal going 
onto the tape and expands the dynamic range upon 
playback. With the MXR Compander noise is reduced 
enabling the softest sounds to be heard, while musical 
peaks can be reproduced without distorition. 

The MXR Stereo Graphic Equal zer, a natural 
companion, is a two channel frequency equalizer that 
offers ten bands of discrete adju 3tment on each 
channel. The primary function of the MXR Equalizer 
is to provide precise compersat on for aural tone 
quality discrepancies that may be causec by room 
acoustics, speaker inadequacies, or program sound 
quality. With a touch of the slide control the MXR 
Equalizer will tailor your playback to suit any number 
of variables and develop the mood you want to hear. 

Both the Compander and Equal izerare compact, 
stylish and handsomely packaged in black anodized 
aluminum with walnut side panels. Their design and 
circuitry will complementany modern Hi-Fi system. 

The MXR Compander is attractively priced at $129.95 
and its companion the MXR Stereo Graphic Equalizer 
at $199.95. 

MXR products have become the standard for signal 
processing in professional recording and live musical 
performances. This comb ination of engineering 
excellence and creativity pravices you with superior 
MXR products. 

For more information on L/IXR prod acts, sec your 
nearest MXR dealer or direct inquiries to 
MXR Innovations Inc., 277 N. Goodman Street, 
Rochester, New York 1467 (716)442-5320. 

r 
MXR Consumer 

Products Group 

Check No. 25 on Reader Service Card 



PIONEB INTRODUCES 
AN AMPLECATION SYSTEM 

THAT WILL FORCE YOU 
TO TAKE A HARD LOOK 

AT YOUR SPEAKERS. 

el,,nONCEl: 



CU.S. PIONEER ELECTRONICS CORP.. 1976. 

Pioneer's new Spec 1 and 
Spec 2 are capable of producing 
a level of high -quality sound most 
speakers are simply incapable of 
reproducing. 

So, unless you're willing to 
listen to Spec 1 and Spec 2 at 
something less than their 
full potential, don't make the 
decision to invest in 
them if you're not pre- 
pared to invest in a 
new pair of speakers. 

SPEC 2: 250 
GOVERNMENT - 

APPROVED WATTS 
A CHANNEL 

Spec 2 was the 
first power amplifier 
designed to deal with 
the new F.T.C. 
power regulations. It 
has a continuous 
power output of 250 
watts per channel 
minimum RMS. At 4 
or 8 ohms. From 20 
to 20,000 Hz. With 
no more than 0.1% 
harmonic distortion. 

Other power 
amplifiers that used 
to claim a lot more power can t do Spec 2 
that anymore. meters that 

11 11 111 
SP 

amplifier with all the reserve power compensate for any deficiencies 
of the Spec 2. in program material or listening 

STATE-OF-THE-ART DESIGN area. 
Spec 2 not only produces an And, so you can make sure 
uncompromising amount of sound; you've made all the right 
it does so in a totally adjustments, Spec 1 has a"tone 
uncompromising manner. off' switch that lets you compare 

For example, Spec 2 uses an your setting with a completely 
advanced toroidal coil power flat setting. 

transformer. It's a Spec 1 even has its own 
more expensive microphone amplifier, with its own 
transformer than volume control. So you can mix 
most amplifiers use. into any program material 
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WHO NEEDS 
ALL THIS POWER 

AND WHY 
When you listen to a 
live performance it can 
have an average sound 
level of 84 dB.Which most 

en 40 el 110 oo 200 

But a more efficient without touching the main volume 
transformer. And one control. 
that keeps magnetic THE BEAUTIFUL SOUND 
flux leakage to an OF NOTHING 
absolute minimum. One thing Spec 1 doesn't do 

Also unlike is add anything to the sound it 
many power reproduces. The phono section 
amplifiers, Spec 2 has a completely inaudible signal - 
doesn't use fans. to -noise ratio of 70 dB (IHF, short - 
Because fans can circuited A network). All other 

- cause Poise. Instead, 
Spec 2 has massive 
heat sinks and 
special Pioneer - 
developed protective 
circuitry to keep the 
operating 
temperature under 
control. 

even has wattage 
indicate music output 

SPEC I Ea. 11/ ARIM DIEV .;;a., 

LOSS 

high fidelity systems can 
reproduce with half a watt of 
power. But a sudden musical peak 
of 110 dB takes four hundred 
times as much power. Which 
means you need 200 watts of 
power to reproduce that peak. 
If your amplifier doesn't have that 
much reserve power, you get 
"clipping:' Which doesn't happen 
during a live performance. 

So, if you want your system 
to be able to give you all the 
power, all the sheer presence of 
live performance, you need an 

AEC:OS.40,M Sr 

inputs are rated at 90 dB. Which 
is even more inaudible. And it has 
a total harmonic distortion of no 
more than 0.03%. Which is five 
times under what your ear is 
capable of detecting. 

DESIGNED FOR 
EIA MOUNTING 

Both Spec 1 and Spec 2 are 
19"wide. So you can place them in 
any standard EIA laboratory rack. 

11II111III 1 1 
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in RMS watts at 8 ohms. These 
had to be specially designed, too. 
Because conventional VU meters 
couldn't give an accurate enough 
power reading. 

SPEC I: TWICE 
THE CONTROL OF 

MOST PREAMPLIFIERS 
Most preamplifiers have two 
tone controls. Some have three. 
But Spec 1 has four. Each of 
which is calibrated in 1.5 dB 
clickstops. All together, they give 
you a total of 5,929 ways to 

s 
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a 

Or you can stack them like 
conventional home entertainment 
components. 

Which they definitely are not. 

SPEC 
SPEC 2 
(V) PIONEER® 

U.S. Pioneer Electronics Corp., 
75 Oxford Drive, Moonachie, New Jersey 07074 

Check No. 41 on Reader Service Card 



W. Marshall Leach* 

Some of the most important func- 
tions in the signal processing chain of 
a sound reproduction system are per- 
formed by the phono preamplifier. 
This circuit must amplify signals from 
millivolt level to peak levels of two to 
three volts or more in order to drive a 

power amplifier. In addition, the cir- 
cuit must equalize the signal to cor- 
rect for a nonuniform frequency re- 
sponse which can vary by as much as 

40 dB over the 20 Hz to 20,000 Hz fre- 
quency band. It must do this while in- 
troducing a minimum amount of elec- 
tronic noise, and it must contend with 
a phono cartridge whose output im- 
pedance can vary by as much as a fac- 
tor of 60 to one over the audio band. 

Of particular importance are the 
high -frequency and transient over- 
load characteristics of the pre- 
amplifier. Before a signal enters the 
preamp input, it has been processed 
by the RIAA recording equalizer, the 
constant velocity disc recording pro- 
cess, and the time derivative response 
of the magnetic playback cartridge. 
The combination of these three can 
create input signal levels which are 
100 times as great at 20,000 Hz than at 
20 Hz. In addition, record ticks and 
pops, when processed by the time de- 
rivative response of the playback cart- 
ridge, can contain high -frequency 
components whose amplitudes far ex- 
ceed those of normal signal levels. 
Thus, the high -frequency overload 
characteristics of the preamplifier be- 
come very important considerations if 
transient IM distortion and slew -rate 
distortion are to be minimized. 

This article describes an RIAA 
phono preamplifier primarily de- 
signed with these considerations in 
mind, and the author's unit is shown. 
It uses a separate chassis for the power 
supply to eliminate hum induced by 
inductive coupling from the power 
transformer. At a one volt rms output 
level, the preamplifier's SMPTE IM 
distortion measures 0.004%. Its 
A -weighted signal-to-noise ratio is 84 
dB referenced to a 10 mV input signal 
at 1000 Hz, which could be improved 
if low -noise, metal -film resistors were 
employed in the critical input stages. 

The output circuit used to drive the 
power amplifier output has a 10 -dB 
gain to insure that the power ampli- 
fier is driven to full output power. This 
stage has a Butterworth -aligned high- 
pass filter characteristic which has 

*Assistant Professor, 
School of Electrical Engineering, 
Georgia Institute of Technology, 
Atlanta, Georgia 30332 
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been designed to reject subsonic and 
inaudible frequency components be- 
low 15 Hz, which can result from 
record warp, offset center holes in 
records, turntable rumble, and acous- 
tic feedback. In particular, vented - 
box loudspeaker systems using high 
compliance drivers are very suscep- 
table to overdrive by subsonic signals. 
The rejection of these signals can pro- 
duce a marked improvement in loud- 
speaker performance plus a decrease 
in power dissipation in the power am- 
plifier. An added advantage provided 
by the subsonic filter circuit is the 
protection of the loudspeaker and 
power amplifier from low -frequency 
transients which can occur when a 

tonearm is accidentally dropped on a 

record or when an FM tuner is rapidly 

tuned across the band. In both cases, 
low -frequency loudspeaker cone mo- 
tion is reduced to a minimum to pre- 
vent possible driver suspension dam- 
age or power amplifier failure. 

An optional center -channel circuit 
is described which can be used to 
drive a front center -channel amplifier 
and speaker system. A three -channel 
system has long been advocated by 
Paul W. Klipsch as representing the 
closest approach to true realization of 
sound reproduction. The circuit is 

simple and can be added to the pre- 
amplifier at any time. 

Circuit Description 
The circuit diagram of the pre- 

amplifier minus the power supply and 
optional center -channel circuit is 

shown in Fig. 1. It has input switching 
facilities for magnetic phono, FM 
tuner, and auxiliary inputs, and out- 
puts for tape recorder and power am- 
plifier. In addition, a separate tape 
monitor switch is provided for tape 
input. The volume is controlled by a 

potentiometer which effects only the 
signal level to the output stage which 
drives the power amplifier output 
jack. The circuit uses positive and 
negative balanced power supplies 
which are separately regulated by ze- 
ner'diodes for each stage. 

The phono preamplifier circuit con- 
sists of transistors Q1 through Q6. An 
initial design used passive equal- 
ization between the cartridge and the 
input stage to equalize for the 75 mi- 
crosecond pre -emphasis in the RIAA 

Fig. 1-Circuit diagram of the preamplifier minus power supply and center -channel circuit. 

R4 

A 

r 

R5 
03 04 e e 

06 

Q2 

CI 

R6 

R7 

.= C2 

2 3 4 5 

I. MAGNETIC PHONO INPUT 
2. FM TUNER INPUT 
3. AUXILIARY INPUT 
4. TAPE OUTPUT 
5. TAPE MONITOR INPUT 
6. TO CENTER CHANNEL BOARD 
7. POWER AMPLIFIER OUTPUT 

F 

AUDIO February 1977 



recording characteristic. This would 
have greatly reduced the high -fre- 
quency overload characteristics re- 
quired in the phono preamplifier cir- 
cuit. However, the approach was 
abandoned because of the uncer- 
tainty in the interaction of the out- 
put impedance of the phono cart- 
ridge and the input impedance of the 
circuit and because of noise consid- 
erations. Transistors Q1 and Q2 form 
an input differential amplifier. The 
differential amplifier configuration 
was suggested by Meyer [11 in 1972 
for use as a preamplifier input stage. It 
has been suggested more recently by 
Holman ¡21 in a circuit similar to the 
one published by Meyer. Q1 and Q2 
are biased by R6 at 50 microamperes 
each. This low bias current is neces- 
sary to provide low noise perform- 
ance since the input stage determines 
the signal-to-noise ratio of the pre- 
amplifier. A potential problem associ- 
ated with differential amplifiers is that 
of maintaining a balanced quiescent 
current in the two transistors. With 
the aid of a microammeter, the com- 
ponents in Fig. 1 have been chosen to 
insure that Q1 and Q2 are conducting 
balanced or equal quiescent currents. 
This insures optimum distortion char - 

40 acteristics of the input stage since the 
predominant second -order nonlin- 
earities in the base -to -emitter junc- 
tion characteristics of Q1 and Q2 the- 
oretically cancel when the bias cur- 
rents in the two transistors are the 
same. 

The output signal from the input 
differential amplifier is applied to a 

second differential amplifier which 
consists of transistors Q3 and Q4. In 
addition to supplying a second stage 
of voltage gain, the differential con- 
nection of Q3 and Q4 provides the 
very important cancellation of any 
common -mode noise from the input 
stage due to thermal noise generated 
by the emitter bias resistor R6. With- 
out this feature, the signal-to-noise 
ratio that is established by the input 
stage would be inferior to that which 
could be achieved by employing a 

single -ended input stage rather that 
the differential configuration [31 . The 
signals from Q3 and Q4 drive the 
class -A, push-pull output stage con- 
sisting of transistors Q5 and Q6. These 
transistors provide the current gain 
necessary to drive the feedback net- 
work and the following stages of the 
preamplifier. Since Q5 and Q6 oper- 
ate in a true class -A mode, there is 

nòthing to be gained from the added 
complexity necessary to drive a com- 
plementary output stage. 

AC 
INPUT 

S3 

LI 
II 

TI 

R29 

?7+ /T7* 

ON POWER SUPPLY CHASSIS 

R3I 

+ 

DI 

C161 D2 

R33 

C17=. 

R34 

A(+24V) 

C (+24 V) 

B( -24V) 
D3 

D (-24V) 
C181+ 04 

ON PREAMP CHASSIS 

Fig. 2-Power supply circuit diagram. Note that not all components are 
mounted on the power supply chassis. 

The feedback network consists of 
resistors R7 through R9 and capacitors 
C2 through C4. The resistors in this 
network have been chosen so that the 
closed -loop gain at 20 Hz is 60 dB, 
more than 20 dB lower than the open - 
loop gain of the preamplifier. Thus, a 

low -frequency feedback ratio of 
greater than 20 dB insures an extend- 
ed low -frequency response with low 
distortion characteristics. C2 has been 
chosen so that the lower minus 3 -dB 
frequency of the phono preamplifier 
circuit is less than 1 Hz. If the circuit is 

used to drive a power amplifier with- 
out the 10 -dB gain output circuit, it is 

recommended that C2 be changed 
from 100 microfarads to 5 microfarads 
in order to provide some rejection of 
unwanted subsonic signals. With this 
change, the minus 3 -dB lower fre- 
quency of the phono preamplifier will 
be moved up to 8 Hz. 

The time constants for the RIAA 
equalization are set by R8, R9, C3, and 
C4. Since the open -loop gain and 
bandwidth of the phono preamplifier 
will also effect the RIAA equalization, 
these elements cannot be calculated 
precisely, rather they must be deter- 
mined experimentally for optimum 
equalization. The approach taken in 

6 (LEFT) 

6(RIGHT) 

R35 

R36 

E 

F 

the present case was to first calculate 
these components from network the- 
ory under the assumptions of an in- 
finite open -loop gain and bandwidth 
and zero output impedance. The ele- 
ments were then tuned experimental- 
ly to optimize the equalization. This 
was done with the aid of the passive 
inverse-RIAA equalization circuit rec- 
ommended by Audio Research for 
the testing of preamplifiers. The ex- 
perimental tuning procedure was per- 
formed by exciting the preamplifier 
from a General Radio pink noise 
source through the inverse-RIAA 
equalizer. The output of the pre- 
amplifier was then monitored on a 

Hewlett-Packard real-time spectrum 
analyzer, and the feedback network 
elements were tuned for the flattest 
overall equalization. The transient re- 
sponse of the preamplifier was also 
monitored during this process with a 

square wave input signal through the 
inverse-RIAA equalizer to insure that 
the square wave response was also 
being optimized. 

The overload characteristics of the 
magnetic phono input circuit are ad- 
equate to insure that it will not be 
driven into clipping or slewing during 
normal use. This circuit will put out a 

(CENTER CHANNEL OUTPUT) 
8 

Fig. 3- 
Center-channel 
circuit diagram. 
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40 -volt peak -to -peak sine wave signal 
up to a frequency of 120 kHz, and its 
clipping characteristics are sym- 
metrical under these conditions. The 
overload margin of a preamplifier is 

an important consideration, especially 
at high frequencies. Although limita- 
tions in disc recording make it im- 
possible to cut large amplitude high - 
frequency signals on records, the out- 
put of a magnetic cartridge increases 
with frequency at 6 dB per octave be- 
cause of its time derivative response. 
Normal frequency response plots for 
cartridges do not show this since the 
plots are corrected for it. However, 
phono preamplifiers must handle the 
boosted high frequencies without 
overload or slewing. Record ticks and 
pops are impulsive in nature, and thus 
they contain very broadband fre- 
quency spectra. In combination with 
the rising frequency response charac- 
teristics of the cartridge, they can easi- 
ly cause high -frequency overload, 
transient IM distortion, and slew -rate 
distortion if the high -frequency over- 
load characteristics of the phono pre- 
amplifier are not adequate. In addi- 
tion, four -channel discs recorded 
with the CD -4 process can cause sur- 
prisingly large high -frequency sub - 
carrier signals at the cartridge output, 
even if it is not designed for CD -4 use. 

Although preamplifiers are not de- 
signed to put out appreciable signals 
at these frequencies, the high -fre- 
quency overload margin in any circuit 
which uses negative feedback for 
equalization can be seriously de- 
graded. Thus, it is the author's opin- 
ion that CD -4 discs are best used with 
only CD -4 equipment. 

The output of the phono pre- 
amplifier is fed through the input 
switching facilities in Fig. 1 to a 20-kil- 
ohm volume control. When the tape 
monitor switch is in the normal mode, 
the input impedance to any tape deck 
connected to the tape output jack ap- 
pears in parallel with the volume con- 
trol. It is recommended that only a 

high impedance tape deck be used 
with the tape output, otherwise, the 
total load impedance on the pre- 
amplifier circuit may drop too low. 

The volume control drives the out- 
put stage which consists of transistors 
Q7 and Q8. The gain of this circuit is 

set at 10 dB by resistors R25 and R26. 
The circuit is designed to have an ac- 
tive -filter, Butterworth high-pass 
alignment which is flat above 20 Hz. It 
exhibits a 12 -dB -per -octave rolloff be- 
low its 3 -dB cutoff frequency of 14 Hz. 
The alignment of this filter is set by 
C6, C7, R18, R19, and R20. Substitute 
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PARTS LIST 
Parts List for one channel. All resistors are 1/4 watt, 5% unless otherwise speci- 

fied. Resistors should be carbon film rather than carbon composition unless 
otherwise specified. 

R1 47 kilohm, metal film 
R2 1 kilohm, metal film 
R3 390 ohm 
R4, R5 36 kilohm, metal film 
R6 220 kilohm, metal film 
R7 3.9 kilohm, metal film 
R8 330 kilohm, metal film 
R9 4.3 megohm, metal film 
R10 2.2 kilohm 
R11 5.6 kilohm 
R12 6.2 kilohm 
R13, R14 220 ohm 
R15 100 kilohm 
R16 560 ohm 
R17 20 kilohm, dual potentiometer 
R18 470 kilohm 
R19 100 kilohm 
R20 33 kilohm 
R21 4.3 kilohm 
R22 390 ohm 
R23 3.3 kilohm 

R24 100 ohm 
R25 2.2 kilohm 
R26 1 kilohm 
R27 100 kilohm 
R28 560 ohm 
R29, R30 270 ohm, 1 watt 
R31, R33 390 ohm, 1/2 watt 
R32, R34 270 ohm, 1/2 watt 

(200 ohm, '/2 watt with 
center -channel circuit) 

R35, R36 91 kilohm 
R37 68 kilohm 
R38 3.3 kilohm 
R39 5.6 kilohm 
R40 3.3 kilohm 
R41 100 ohm 
R42 3.6 kilohm 
R43 430 ohm 
R44 100 kilohm 
R45 560 ohm 

Cl 0.001 µF, 100 volt, ceramic capacitor 
C2 100µF, 10 volt, electrolytic capacitor 
C3 220 pF, 100 volt, 5% silver mica capacitor 
C4 820 pF, 100 volt, 5% silver mica capacitor 
C5 25 µF, 25 volt, electrolytic capacitor 
C6, C7 0.22µF, 25 volt, 5% ceramic capacitor 
C8 390 pF, 100 volt, ceramic capacitor 
C9 10 pF, 100 volt, ceramic capacitor 
C10 25 µF, 25 volt, electrolytic capacitor 
C11, C12, C13, C14 2000 µF, 50 volt, electrolytic capacitor 
C15, C16, C17, C18 100 µF, 25 volt, electrolytic capacitor 
C19 25 µF, 25 volt, electrolytic capacitor 
C20 10 pF, 100 volt, ceramic capacitor 
C21 25 pF, 25 volt, electrolytic capacitor 

Q1, Q2, Q5, Q6, Q7, Q9 2N5210 transistor 
Q3, Q4, Q8, Q10 2N5087 transistor 

S1 3 -position, rotary selector switch (stereo) 
S2 double -pole, single -throw toggle switch 
S3 single -pole, single -throw toggle or pushbutton switch 
L1 120 volt a.c. neon pilot lamp with dropping resistor 
Ti Stancor P8605 transformer (Use Output Taps 2 and 3) 
Rect. 1 bridge rectifier, 1 amp, 100 volt PIV 
D1, D2, D3, D4 24 volt, 1 watt Zener diode 

Miscellaneous Two chassis and covers, phono jacks, power cord, phone jacks 
and plugs, shielded cable, knobs, screws, nuts, lockwashers, circuit board 
standoffs (conducting), heat sinks for Q8 and Q10, terminal strips, etc. 

Printed circuit boards and matched transistors for the preamplifier are avail- 
able for a limited time. Prices are $10 for a set of stereo boards for the RIAA cir- 
cuits and output circuits, $5 for the center -channel board, and $1.50 for a 

matched pair of 2N5210 or 2N5087 transistors, plus $1 shipping and handling. 
Address orders to Components, P.O. Box 33193, Decatur, Ga. 30033. 



How to mix power 
The power of your amplifier is one of the most important elements in the 
performance of your high fidelity system. It gives your amplifier sufficient power 
to drive your speakers. And you need well engineered power to give you the 
instantaneous burst that music may require. 

The pleasure of your tuner is fullest when properly matched with its power supply; 
when it is sensitive and highly selective, and offers noise- and distortion -free sound. 
In short, an instrument attuned to your musical pleasure. 

Sansui Amplifiers and Tuners: Our newly expanded complete line of power- 
ful amplifiers and beautifully designed tuners are engineered and mctched to give 

you the full pleasure of power. From the 
fabulous AU 20300 with a striking 170 

- 

\.ratts per cannel min. RMS, both 
\,.. chanre!s driven into 4 and 
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...with pleasure. 
8 ohms, from 20 to 20000 Hz with no more than 0.05% total harmonic distortion 
at about $1000* to the AU 3900 with 22 watts per channel, min. RMS, both channels 
driven into 8 ohms, from 40 Hz to 20 kHz, with no more than 0.15% total 
harmonic distortion at less than S160*, every AU amplifier is loaded with features 
designed for creative listening. The fully matched TU tuners from less than $160* 
to about S450* all feature appropriately low distortion, fine sensitivity 
and high selectivity. For example, the TU 3900: sensitivity, 11.2 dBf (2.0 µV); 
selectivity better than 60 dB (at 400 kHz). TU 9900: sensitivity, 8.8 dBf 
(1.5 µV); selectivity from 20 dB at 200 kHz to 90 dB at 400 kHz. The TU 9900 
offers a choice of wide and narrow bandwidths for selection of individual stations 
even in crowded areas. 

Your nearest franchised Sansui dealer will be happy to demonstrate any in 
this fine series to you. Your powerful pleasure awaits. 

*Approximate nationally advertised value. The actual retail price 
will be set by the individual dealer at his option. 

Buy Sansui. 
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SQJtsuL TU -9900 

SANSUI ELECTRONICS CORP. Woodside, New York 11377 Gardena, California 90247 
SANSUI ELECTRIC CO., LTD.,Tokyo, Japan . SANSUI AUDIO EUROPE S..A, Antwerp, Belgium . In Canada: Electronic Distributors 
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Fig. 6-Photograph of the chassis wiring in the author's preamplifier. 

The component layouts for the 
three circuit boards are given in Fig. 5. 
The view in these figures is from the 
component side of the boards, i.e. the 
side opposite from the foil circuit. 
There are no special instructions for 
mounting the components on the cir- 
cuit boards. It is recommended that 
the transistor leads be inserted no 
more than 1/4 inch through the boards 
before soldering. This will prevent any 
heat damage from the soldering iron 
due to excessive heat conduction 
through transistor leads which are too 
short. Normal precautions should be 
taken to insure that all transistors, 
electrolytic capacitors, and diodes are 
inserted correctly. Otherwise, failure 
could result at turn on. 

After all components are mounted 
and soldered to the boards, the next 
step is to solder all input and output 
cables and all power supply leads to 
each board. It is recommended that 
only shielded cable be used for signal 
input and output leads. No. 22 stran- 
ded wire should be used for the pow- 
er supply leads. The connection of 
cable grounds illustrated in Figs. 1 and 
3 should be adhered to if ground 
loops are to be avoided. The figures 
show that the shielded cable grounds 
are not connected at the signal inputs 
of either the output circuit board or 

the center channel board or at the 
tape output or power amplifier out- 
put jacks. 

The main chassis should be drilled 
for the input selector switch, volume 
control, tape monitor switch, power 
input jack, signal input and output 
jacks, the circuit board mounting 
holes, and the external ground lug 
connection. The latter can be a 6-32 
by 1/2 inch screw attached to the 
chassis with a No. 6 nut and an inside 
star lockwasher. The screw should be 
installed near the phono input jacks 
with its head inside the chassis and 
with a second nut loosely screwed 
down over the first nut outside the 
chassis. The jacks for the magnetic 
phono inputs should have floating 
ground terminals, i.e. they are not 
grounded to the chassis. All other sig- 
nal input and output jacks should be 
grounded to the chassis. If these jacks 
have floating grounds, they should be 

connected to ground through a com- 
mon ground bus which connects to 
chassis ground through a securely 
tightened lockwasher grounding lug. 
One end lug on the volume control 
for each channel is grounded to 
chassis through a lockwasher ground- 
ing lug mounted concentric with the 
volume control shaft. The end lug to 
be grounded is that one which mea- 
sures zero resistance to the center lug 
when the volume control is set fully 
cou nter-clockwise. 

After the chassis hardware is 
mounted, the shielded cables from all 
input and output jacks which connect 
to the selector switch and tape mon- 
itor switch should be installed and sol- 
dered. Care should be taken when 
soldering the shielded cable grounds, 
for the heat can melt the inner cable 
insulation and cause the center con- 
ductor to short to ground. To min- 
imize this possibility, the cable 
grounds should be soldered before 
the center conductors. In this way, the 
center conductors will not be flexed 
when the grounds are soldered. 

The circuit boards can now be in- 
stalled in the chassis as shown in Fig. 6. 
These should be mounted with a 3/8 
inch No. 4 metal standoff under each 
corner with 4-40 by '/4 inch screws and 
No. 4 nuts. A No. 4 inside star lock - 
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Your favorite tapes and records are 
loaded with intricacies of scund that 
most speakers don't let you in on. 
But the Koss HV/1 LC's deliver your, 
song the way the musicians played 
it. All the delicious touches of 
musical perfection unfold around 
you, putting you deep inside the 
tune. Taking you to a place where 
the honey -smooth power of the lead 
singer's voice is in delicate balance 

with the instruments and back-up 
chorus. So that you're ptese-red 
with every colorful spark cf Men' 
from all angles-the way -ol.'d 
hear it if you were stancing i i jusi 
the right spot on stage. And boss 
HV; 1LC's deliver all ten ardizle 
octaves, bringing you wary cunce: 
of everything from the low-down 
throb of the bass, to the Lpew:epirg 
highs of the violin sectio,. 

e 

And while the HV/JLC 
stereophones bring you every note, 
their hear-thru design lets you 
catch every comment ham people 
rround you. Which in many cases 

Irmi go like this: "let me try them." 
So why not visit your audio 

epe=ialist and slip into the exciting 
Souid of Koss: the HV/1LC's with 
.olrme balance controls, or the 
PIV'1's and HV/la's. Or write us, 

KOSS stereophones 
from the people who invented Stereophones. 

c, o Virginia Lamm for z f=ee ful 
color catalog of all our pnoducis 
Get a pair of Koss High V=_lodty 

peones and c'mon inside. -he 
music's fine. Q Koss Co paratier 

Kos:. HV/' LC and HV/1 Ste eorhones 

KOSS CORPORATION, 4129 N. tort Washington Ave., Milwaukee, Wisconsin ;32-2 Koss t,t.rnalóia /London, Milan, Dublin, Paris, Frankfurt Amsterdam Koss Limited/Berl ngton, Ontario 

Cheek ho. 21 on Reeder Service Card 



washer should be used on each end 
of each standoff to insure good con- 
nection of the circuit board grounds 
to chassis ground through each stand- 
off. The mounting screws should be 
securely tightened so that the lock - 
washers will be firmly engaged. Once 
the circuit boards are mounted, the 
remainder of the chassis wiring can be 
connected. Once this is done, the ca- 
bles should be neatly tied so that they 
do not run near the circuit boards. It is 

preferable to route the cables down 
along the chassis. However, if there is 

insufficient room, they can be routed 
over the circuit boards, as has been 
done in Fig. 6. The final step is to at- 
tach a '/ inch by '/2 inch heat sink 
made from 1/16 inch sheet aluminum 
to transistors Q8 and Q10. The heat 
sinks can be glued to the flat sides of 
the transistors with a small dab of con- 
tact cement. None of these transistors 
dissipate over 180 mW quiescently, 
while they are rated at 310 m W. How- 
ever, the heat sinks are a worthwhile 
and effective protection measure 
which will improve the reliability of 
the preamplifier, especially if it is op- 
erated near heat producing equip- 
ment. 

The power supply is wired as shown 
in Fig. 2. It should be noted that not all 

48 the components in this figure are 
mounted on the power supply chassis. 
The output power leads from the 
power supply chassis and the input 
power leads to the preamplifier 
chassis should be wired to a three - 
conductor phone jack, one conductor 
of which is grounded to its respective 
chassis. A six-foot length of three - 
conductor power cable with phone 
plugs attached to each end can then 
be used to connect the power supply 
to the preamplifier. The a.c. power 
cord to the power supply should be 
insulated from the chassis feed - 
through hole with a proper size strain 
relief or grommet. In the latter case, 
an insulated cable clamp should be 
used to secure the power cord inside 
the chassis to prevent its being pulled 
loose. 

Check Out and Turn 
On Procedures 

Before any power is applied to the 
preamplifier, the entire circuit should 
be carefully checked. Trouble points 
include diodes and electrolytic ca- 
pacitors installed with the incorrect 
polarity, transistor leads reversed, 
poor ground connections to chassis 
(especially if the chassis is painted), 
cold solder joints, shorted cables, etc. 
After all wiring has been checked, the 
power supply can be checked out. 

With the preamplifier power cable 
disconnected, apply a.c. power to the 
power supply and measure the d.c. 
voltages on C11 through C14. These 
capacitors should have approximately 
42 volts across them with no load. At 
this point, the polarity of the voltage 
across these capacitors should be 
checked to verify that none is in- 
stalled backward. After the power 
supply unit is checked out, remove 
the a.c. power and connect the power 
cable between the power supply and 
the preamplifier chassis. If phone 
jacks and plugs are used for these 
connections, a slight spark may be no- 
ticed when the plugs are inserted if 
there is a charge stored on C12 and 
C14. Care should be taken to insert 
the phone plugs fully into the jacks. 
Otherwise, a short circuit to ground 
will occur and R29 and R30 will smoke 
when the a.c. power is turned on. 

Before connecting any equipment 
to the preamplifier, power should be 
applied and the circuits should be 
checked out with a d.c. voltmeter. 
First, measure the voltages across C15 
through C18. These should be exactly 
24 volts. Next measure the voltages 
across C12 and C14. These should be 
31.5 volts plus or minus 0.5 volts. If 
these voltages are not in this range, 
R29 and R30 should be changed to the 
next higher or lower value to respec- 
tively decrease or increase the voltage 
across C12 and C14. Next measure the 
voltages from ground to the junctions 
of C5 and R13, C10 and R25, and C21 
and R42. These should be less than 
one volt. If not, a wiring error has 
been made or there is a defective 
component in the circuit. 

Before connecting any equipment 

to the preamplifier, all a.c. power to 
the complete system should be 
turned off. Connect all inputs and 
outputs including the turntable 
ground wire which attaches to the No. 
6 external grounding screw on the 
rear of the preamplifier chassis. Since 
there is a slight turn -on thump caused 
by the charging of capacitors in the 
circuit, the preamplifier should be 
turned on before the power amplifier. 
It can be left on if desired with no 
harm to the circuits. Normal pre- 
cautions should be observed when 
using the preamplifier. These include 
never connecting or disconnecting an 
input or output cable with the power 
amplifiers turned on. Otherwise, an 
open ground connection can cause a 

large 60 -Hz signal to be fed to the 
power amplifier when the phono jack 
is removed or inserted. Happy listen- 
ing! 
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Low TIM 
Amplifier 

PART II 
The low transient IMD (or TIM) am- 

plifier which has been described [1] 
did not contain a protection circuit in 
order to minimize the complexity as a 

construction article. A voltage -cur- 
rent sensing (or VI) limiter has been 
developed for the protection of the 
output stage of this amplifier from 
overload conditions for load imped- 
ances less than 4 ohms. In addition, a 

second protection circuit has been 
developed which protects the voltage 
gain stages of the amplifier in the 
event of a failure in the output stages. 
The printed circuit foil patterns for 
this protection circuit were included 
on the circuit board layouts given [1]. 
The two -stage protection circuit will 
be described in this second part ar- 
ticle on the amplifier. In addition, sev- 
eral minor modifications to the circuit 
will be described which improve its 
TIM rejection characteristics and 
which correct some minor errors 
which appeared in the first article. 

Corrections to 
The Published Circuit 

The complete circuit diagram of the 
amplifier with all corrections and the 
addition of the VI limiter is shown in 
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Straight talk 
about direct drive 

The DD75 is our first direct drive turntable. It reflects 
a lot of what we've learned in half a century of building 
quality turntables. 

The heart of any direct drive turntable is the motor. 
Since it is in direct contact with the platter, it must be as 
steady-and as free from vibration-as a pacemaker. 
The performance of the motor is measured by these 

-specificatinn nw and flutter - 

But without a lightweight tonearm, unrestrained by 
friction, the best motor can't deliver high quality, high 
fidelity sound. After all, the only thing that moves the 
tonearm is the minuscule stylus tracing the record 
groove. If the tonearm is heavy, or drags, the sound will 
be distorted. The specifications which determine tone - 
arm performance-mass and friction-are as important 
as nimble, wow and flutter. 

Direct drive turntables can be manual or automatic. 
The difference has a direct bearing on record safety. With 
a manual turntable, you risk scarring your records or 
damaging your stylus, particularly when lifting the arm 
off the record. That's because the human hand can't al- 
ways be steady and accurate. The risk is minimized with 
a system that lifts the arm precisely, automatically. 

Motor. Tonearm. Record protection. Convenience. 
These essentials directed the design of the new direct 
drive DD75. 

The Garrard DD75 delivers rock - 
steady speed with a DC motor, governed 
by an electronic servo system. It is to- 
tally immune to fluctuations in house- 
hold current. The specifications are im- 
pressive: rumble -70dB (Din B), wow 
and flutter 0.03%. The same electronic 
system provides variable speed control, 
±3%, monitored by an easily -read, 
illuminated strobe. 

Unlike the tonearm in most direct 
drive turntables, the slender arm of the 
DD75 is extremely low in mass-just 16 

grams. It rides effortlessly on jewel bear- 
ings, with friction so low that it will track 
the finest cartridges at their minimum 
rated stylus pressure. 

In addition to fully damped cueing, 
the DD75 automatically lifts its tonearm 
and shuts off the motor at the end of play. 
This is done non -mechanical/ by a reli- 
able photo -electric circuit. You never 
have to leap across the room to stop play- 
ing the lead -out groove. You can even 
use this system in mid -record, by lightly 
touching the Stop button. Play can be re- 
sumed at the precise point where it was 
interrupted. 

The appearance of the Garrard DD75 fully comple- 
ments its performance. It is mounted in a base of genuine 
teak veneer, with shock -absorbent feet to insulate the 
turntable from external vibration. The tinted dust cover 
has special friction hinges: it stays where you raise it. 

Garrard's first direct drive turntable yields some very 
direct benefits. Not the least of which is the price: a 

straight and sensible figure-under $230. 
For an illustrated, detailed folder on the DD75, please 

write: Garrard Division, Plessey Consumer Products, 
100 Commercial Street, Plainview, N.Y. 11803. 

Garrard. 
Turntable specialist for 50 years. 
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