


pest of each 
4 -track units. With three motors and three 
heads, it has virtually every professional 
feature you'd want. Yet it's extremely 
simple to use. In addition to stereo 
record/playback, it also highlights 4 - 
channel playback. The RT -1020H (15, 71/2 

ips) is the high speed counterpart of the 
RT -1020L. While the RT -1011 L shares 
most of the features of the RT -1020 series, 
it does not include 4 -channel playback. 
The complete extent of their capabilities 
becomes apparent only after you've worked 
with them. Then you'll recognize the 
magnitude of Pioneer's accomplishment. 

The RT -1050 is a 2 -track, 2 -speed 
(15, 71/2 ips) 3 -head deck which, like all 
all Pioneer models, can handle pro- 
fessional 101/2 -inch tape reels. Its unique 
combination of bias and equalization 
switching controls give 12 different 
settings to optimize the performance of 
any tape. on the market. 

BIAS: EQ 

STD LH1 Li2 
ASTD 

STD 
H H -I 

138 IEf 

12 Bias & Equalization settings optimize 
performance. 

The RT -1050's 3 -motor transport 
system is activated electronically by full 
logic, solid state circuitry, triggered by 
feather touch pushbutton controls. Its 
transport is completely jam- and spill - 
proof, permitting you to switch from Fast 
Forward to Fast Rewind, bypassing the 
Stop button. 

Pick The Cassette Features You Need 
Frequency 

Memory Response 
Model Dolby Rewind (Chrome Tape) 

CT -9191' Yes Yes'* 20-17kHz 
CT -7171 Yes Yes 30-16kHz 
CT -6161't Yes Yes 30-16kHz 
CT -5151 Yes Yes 30-16kHz 
CT -4141A Yes No 30-15kHz 
CT -21210 Yes No 30-16kHz 
*Front loading ttLess cabinet 

The RT -1050 was specifically 
designed for easy operation with a wide 
combination of professional features like 
extended linearity VU meters with 
adjustable sensitivity, mic/line mixing, 
pushbutton speed selection and reel 
tension adjustment buttons. There's also 
an exclusively designed pause control, 
and independent control of left and right 
recording tracks. 

The same 2 -track recording system 
studios use for better signal-to-noise 
ratios and higher dynamic range is 
incorporated into the RT -1050. Yet it can 
be easily converted to 4 -track use with an 
optional plug-in head assembly. Every- 
thing considered, it's the most versatile 
open -reel deck you can buy. Professionals 
prefer it for its studio -quality performance. 
Everyone appreciates its completely 
simple operation. 

Pioneer open -reel and cassette decks 
are built with the same outstanding 
quality, precision and performance of all 
Pioneer high fidelity components. That's 
why, whichever you choose, you know it's 
completely professional and indisputably 
the finest value ever in a studio -quality 
tape deck. 

U.S. Pioneer Electronics Corp., 
75 Oxford Drive, Moonachie, 
New Jersey 07074. 
West: 13300 S. Estrella, Los Angeles 
90248 / Midwest: 1500 Greenleaf, Elk 
Grove Village, Ill. 60007/ Canada: 
S. H. Parker Co. 

Peak Level 
Indicator Limiter 
Yes Yes 
Yes Yes 
No No 
Yes Yes 
No No 
No No 

**Plus Rec/Play auto start 

'Dick The Open -Reel Features You Need 

Model 
Speeds 
(ips) 

Frequency 
Response 
(± 3dB) 

Tape Bias/ 
Equalization 
Positions 

FIT -1050 15, 71/2 30-22kHz 3/4 
RT-1020Ht 15, 71/2 30-22kHz 3/2 
RT -1020L 71/2, 33/4 40-20kHz 3/2 
PT -1011L 71/2, 33/4 40-20kHz 2/2 
tNot shown 

Wow & 
Flutter 
(% at highest Mic/Line 4 -Ch. 
speed) S/N Mixing Play 

0.06 57dB Yes No 
0.06 55dB Yes Yes 
0.10 55dB Yes Yes $650 
0.10 55dB Yes No $600 

*Dolby is a trademark of Dolby Labs., Inc. 

when you want something better 

S/N 
(with Dolby) 

Wow & 
Flutter 
(%-WRMS) 

Priced 
Under 

62dB 0.07 $450 

58dB 0.10 $380 

58dB 0.12 $300 

58dB 0.12 $280 

58dB 0.13 $250 

58d B 0.12 $200ít 
yNot shown 

Priced 
Under 

$690 
$650 

The values shown are for informational purposes only. The actual resale price will be set by the individual Pioneer dealer 
al. his option. With the exception of the CT -2121, ail models include a cabinet constructed as follows: CT -9191, CT-7171- 
walnut veneered top and side panels; CT-6161-walnut grained vinyl top and side panels, CT -5151, CT- -walnut 
grained vinyl front and side panels; RT-1050-leather-like vinyl side panels and front cover; RT-1O20L, RT-102014- walnut veneered side panels; RT-1011L-walnut grained vinyl side panels. Optional cabinet for CT -2121 with walnut 
veneered top and side panels faepros. value -5251. 
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Bringing you the I 
is up to us. 
High fidelity is important to us at Pioneer. 
It's all we do and it's all we care about. 
We are excited that cassette tape decks 
have reached a level of performance that 
meet the highest standards. We are 
excited because we know that it means 
more enjoyment for you from your high 
fidelity system. We also know that you can 
now get more versatility and value out of 
your high fidelity system than ever before. 

The great advances in cassette 
technology have had impact on the reel- 
to-reel tape deck concept as well. We 
believe that the era of the small, 
inexpensive 7 -inch reel tape deck is past. 
Neither its convenience nor its perform- 
ance make it a good value compared to 
the new cassette technology. And it is now 
possible for Pioneer to offer you a 
professional, studio -quality 101/2 -inch 
reel deck at prices that compare favorably 
with what you might expect from old 
fashioned 7 -inch reel units. In our 
judgment the old ideas must move aside 
for the new ideas. And Pioneer has some 
very intelligent new ideas in tape for you. 

The convenience of cassette. 
The performance of open -reel. 
The new CT -9191, with built-in Dolby* 
establishes a new and incomparable level 
for cassette deck performance and 
features. Designed with up -front controls 
and cassette loading, you can stack other 
components above it or under it. 

Performance features stack up, too. 

Bias and equalization switches insure 
optimum recording and playback for every 
type of cassette tape made. There's even 
automatic bias/equalization switching 
when the new type Cr02 cassette, 
equipped with the special identifying 
notch, is inserted. A front panel indicator 
light signals this automatic operation. 

Simple vertical cassette insertion 
visible at all times. 

Distortion- and interference -free 
recordings are consistently produced, 
thanks to a combination of wide -scale 
range VU level meters (-40dB to-}-5dB), an 
LED peak level indicator light, a 
selectable level limiter circuit, and an FM 
multiplex filter switch. 

Locating a desired program point in 
a cassette is simple with the new CT -9191. 
A specially designed memory rewind 
switch (including record/play automatic 
re -start) and 3 -digit tape counter, make 
precision cueing a breeze. 

Operation is further simplified with 
automatic tape -end stop, dual concentric 
rotary mic and line input controls - for 
mic and line mixing - and separate rotary 
output level controls, all with adjustable 

memory index markers. In addition, there 
are soft -touch solenoid operated transport 
controls.This combination makes the 9191 
the recording studio that fits on a shelf. 

Two independent drive motors, plus 
solid ferrite record/playback heads 
combine to provide a new low in wow and 
flutter (0.07% WRMS) and a new high in 

Memory rewind with record/play 
automatic re -start. 

frequency response (20 to 17,000 Hz; 
Cr02 tape). 

Whether you choose the ultra 
sophistication of the CT -9191 or Pioneer's 
other front loaders - CT -7171, CT -6161, 
CT -2121, or the top loading CT -5151 
and CT -4141A, which snare many 
of its features, you're assured optimum 
performance and maximum value in their 
respective price ranges. One tradition that 
never changes at Pioneer. 

Open -reel. A professional 
recording studio in your home. 
Professionalism comes with all four 
studio -quality open -reel models. The 
RT -1020L (71/2 , 33/4 ips) is unequalled in 



Whether you 
use a 
cassette or 
open reel deck 
is up to you. 
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The oscillograph you 
see is an actuar photo 
of a high -quality audio 
system "playing" a 
fingerprint. 
You're hearing finger- 
prints now through 
your speaker system. 
Instead of the sound 
your precious discs 
are capable of. And 
no vacuum record 
cleaner, brush -arm 
or treated cloth will 
remove them. None. 

The sound 
of your 

fingerprint 
But Discwasher,, - with new 
du fluid-removes fingerprints 
completely. Along with dust. And 
manufacturing ILbricants (added 
to make pressing faster) that can 
act like groove -blocking finger- 
prints. All this cleaning without 
pulling polymer stabilizers from 
your vinyl discs. 
Discwasherre. The only safe, 
effective way to silence the 
printed finger. At Audio 
specialists world wide. 

Dlscwasher, Inc. 
909 University, 
Columbia, Mo. 65201 

Actual, 
unretouched 
photo of an 
oscillograph 
test. 
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A dream come true'.' 
In just 18 months, BIC Multiple Play Manual Turntables 

have become the sensation of the high-fidelity industry. 
Today, they're fast becoming the best-selling 00 

turntables in America. 
Recently, we received a letter from Peabody, Mass. which 

explains the BIC phenomenon better than we ourselves ever 
could. 

"As an audio salesman (our correspondent writes) I have the opportunity 
to compare very closely many different makes of equipment. 

Also, I have the opportunity to get a `feel' for the attitude of the company towards 
its customers. 

It is BIC's total excellence in both these areas that has prompted this letter of 
congratulations on a fine product and your ability to achieve such quality inexpensively, 
compared to other manufacturers. 

Your turntable is like a dream come true; all the superior characteristics of a fine 
manual, but which, if the occasion arises, a party for instance, can also be used as an 
automatic. It is in my opinion and the opinion of most of my colleagues, the best 
all-around turntable available today:" 

Need we say more? 
THIS LETTER IS IN OUR FILES. IN THE INTEREST OF PRIVACY THE WRITER'SNAME HAS BEEN OMITTED. BIC 960, ABOUT $15C- 
B.IC 980, ABOUT $200- B-IC 940, ABOUT $110. FOR EITERATURE, WRITE:: BRITISH INDUSTRIESCO., WESTBURY, L.I. 11590- A DIVISION OF AVNET INC. Cc 1975. 

Check No. 8 on Reader Service Card 



The X750 
alternative. 

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

1:10.05% IM into 4 or 8 Ohms 
D(signal to noise) greater than 100dB 
Oplug-in board modules 
forced air cooling 
Donly 11" deep 
weighs less than 42 lbs. 
Dsuperb construction using only the 

finest materials and component 
parts 

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

You'd have to look a long time to 
find a power amplifier that delivers 
this much value. 

Scientific Audio Electronics, Inc. 
P.O. Box 60271, Terminal Annex 
Los Angeles, California 90060 
Please send me the reasons (including available 
literature) why the SAE 2400 Professional Amplifier 
is the "5750 Alternative." 

NAME 

ADDRESS 

CITY STATE- _ZIP 

Audioclinic 
Joseph Giovanelli 

Magnet Weight 
Q. What is the different in meaning 

between the terms "magnet weight" 
and "magnet structure weight" in 
speaker specifications?-Edward Es- 

posito, Brooklyn, N.Y. 
A. Magnet weight simply refers to 

the weight of the magnet used in 
the loudspeaker. Magnet structure 
weight includes not only the weight 
of the actual magnet but also includes 
the weight of all the iron which sur- 
rounds it and the polepiece in the 
center. 

In either case, the terms are not re- 
ally pertinent because they do not 
convey anything about the amount of 
magnetic flux appearing in the gap to 
move the voice coil. One naturally 
tends to think that the greater the 
weight of the magnet used in a de- 
sign, the more intense will be the field 
strength for the voice coil. While this 
is partially true, there are, however, 
many other factors which influence 
the design, including relative strength 
of the magnet for its weight, gap dis- 
tance, length of wire in the coil, etc. 

Four -Speaker Hook-up 
And Placement 

Q. 1 have two pairs of speakers, 
both by the same maker, however, 
each pair is a different model. Pair -A 
speakers are two-way, bass -reflex sys- 
tems, with 12 -in. woofers and 2 1 -in. 
tweeters. Pair -8 units are three-way, 
bass -reflex designs, with 10 -in. woo- 
fer, 3'y2 -in. midrange, and 2 1 -in. 
tweeter. Pair 8 has a three -position 
high frequency adjustment, while pair 
A does none. 

If I place them in a four -corner ar- 
rangement for stereo, how should 1 

pair the speakers? Also, if 1 decide to 
go to a synthesizer for four -channel 
sound, which ones would you suggest 
be used for the rear speakers?-F. T. 
Overby, Jr., Richmond, Va. 

A. It is best to have all speakers be 
of the same make and model in situ- 
ations of the kind you describe. When 
this is not possible, pick the two 
speakers you prefer and use them up 
front and use the ones you like least in 

the rear positions. The particular de- 
sign parameters of the speakers 
should not influence your choice 
here, though you may have to add a 

level -control pot if their efficiencies 
are very different. 

In the case of a four -corner stereo 
set-up, the front and rear speakers for 
a given channel may be paralleled. 
Their combined impedance, how- 
ever, must not be lower than the min- 
imum impedance that can be handled 
by your amplifier. The important 
thing here is to find out from a test re- 
port or the manufacturer what the 
MINIMUM impedance is, since in 
many cases this is significantly lower 
than the nominal or rated impedance. 

For either synthesized or true four - 
channel set-ups, those speakers 
whose sound you prefer should again 
be placed up front. The exact manner 
of speaker hook-up will depend on 
the equipment employed, and gener- 
ally the maker of the unit will have 
some specific recommendations. 

Speaker Impedance With Sepa- 
rate Amps 

Q. 1 have two pairs of 6 -ohm speak- 
ers. If I connect one pair normally to 
my receiver and the other to a sepa- 
rate amplifier fed from the Tape Out 
jacks of the receiver into the AUX in- 
puts of the amplifier, does it make any 
difference that the speakers' imped- 
ance is less than 8 ohms? Would it 
make any difference if a four -channel 
adaptor was connected between the 
receiver and the amplifier?-Marvin 
Foley, Portland, Maine. 

A. So long as your speakers are 
connected to two separate power am- 
plifiers, there is no interaction be- 
tween them, which might lower their 
impedance. This is also true with a 

four -channel decoder intercon- 
necting the two amplifiers. 

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. 

Check No. 39 on Reader Service Card 
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KENWOOD tuners and amplifiers are recognized the world over for their outstanding 
performance and exceptional dependability. Little wonder. KENWOOD separates 

perform better because they're engineered better: The most advanced audio con- 
cepts establish their performance parameters. The finest workmanship and material 

go into their construction. The most stringent quality controls assure that each unit 
is operating at its optimum peak. So when you listan to KENWOOD's luxurious 

KT -8007 Stereo Tuner and KA -8006 Stereo Amplifier-or to the deluxe K--6007/ 
KA -6006 Series-you can be sure you are hearing the finest stereo 

reproduction that advarced engineering and superb 
craftsmanship can produce. 

KT -8007 .. AM/FM-Stereo Tuner 
KA -8006 ... Stereo Amplifier 
with 70 watts per channel, 
Minimum RMS at 8 ohms, 20-20k Hz, 
with no more than 0.2% 
Total Harmonic Distortion. 

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

KT -6007... AM/FM-Stereo Tuner 
KA -6006... Stereo Amplifier 

with 48 watts per channel, 
Minimum RMS at 8 ohms, 20-20k Hz, 

with no more than 0.3% 
Total Harmonic Distortion. 

f(E1 Y Y OOD P5777 S. Broadway, Gardena, CA 90248.72.02 Fifty-first Ave., Woodside, N.Y. 11377 In Canada: Magnasonic zanada, Ltd. 
Check No. 22 on Reader Service Card 
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PROBLEM 
SOLVER 

THE BGW 250B 
DOESN'T HAVE- 

Fuses 
Knobs 
Meters 

Current limiting 
Hum 
Noise 

Thumps 
High price 

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 3/,s" 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. 

[11.G111 
BGW Systems 
P.O. Box 3742 
Beverly Hills 
CA 90212 SYSTEMS (213)973-8090 

Check No. 7 on Reader Service Card 

Tape Guide -D 
Herman Burstein 

Left -Channel Dropouts 
Reader Bob Nicholas, Long Beach, 

Calif., provides a possible cause of 
left -channel dropouts: 

"I have encountered dropouts and 
loss of highs on certain reels of tape, 
even supposedly high -quality master- 
ing tape made by some well-known 
companies. The cause of the problem, 
sometimes, are wide spots in the tape. 
This causes the tape to 'hang up' in 
the guides, with the result that the 
outer edge breaks contact with the 
tape head. It is easy to tell when this is 

happening, if the deck has tension 
arms, because the drag caused by the 
hang up causes the arms to flip until 
the tension is normal again. 

"When the reel is wound smoothly, 
1 can even see the overhang of the 
wide spots. My tape supplier can't be- 
lieve this is a problem even though 1 

have shown him the defective reels of 
tape. I guess the cause is improper ad- 
justment of the tape slicers during the 
cutting process." 

Evaluating A Deck 
Q. I had my American -made tape 

deck tested by Revox engineers. Their 
analysis showed for channel A "rag- 
ged bass response between 20 and 50 
Hz, a steady rise in response from 50 
Hz to 15 kHz, signal-to-noise ratio of 
40 dB at 0 VU, and wow and flutter of 
0.5 per cent at 7 1 ips. Could you 
please explain the ragged response at 
very low frequencies? Why is there a 

steady rise from 50 to 15,000 Hz? Why 
is there 3 per cent distortion at 0 VU 
on this channel and what is the signifi- 
cance of the 40 -dB signal-to-noise ra- 
tio?- A. F. Hasson, Carlstadt, N.J. 

A. The ragged response at the bass 
end is rather usual, due to the fact that 
at low frequencies where the record- 
ed wave length is long, the entire 
head and not just the gap tends to re- 
act to the magnetic patterns on the 
tape. The treble rise may be due to in- 
sufficient bias current or to a fault in 
record treble boost or both. At 0 VU 
you should have about 1 per cent dis- 
tortion, rather than 3 per cent THD. 

The excessive distortion appears due 
to insufficient bias, and this is con- 
sistent with the excessive treble re- 
sponse, which can also result from too 
much bias. The 40 -dB S/N ratio is 

quite poor. At 0 VU, corresponding to 
1 per cent harmonic distortion, S/N 
ratio should be about 48 dB in a high - 
quality machine. With reference to 3 

per cent distortion, S/N ratio should 
be somewhat higher, about 55 dB. 

Adjacent -Channel Crosstalk 
Q. I purchased a Revox A77 to dub 

my tape collection onto larger reels, 
but whenever 1 record music with 
much low -frequency energy, I can 
hear crosstalk on the other side of the 
reel, especially between selections. 
The amount of crosstalk also seems to 
vary with tape thickness, thin tapes 
giving less crosstalk than the thicker 
ones. How much crosstalk is normal 
with a quarter -track machine? f told 
my dealer about this and he measured 
the deck, reporting that separation 
between channels was -52 dB or seven 
dB better than the maker claims. He 
also stated flatly that audible crosstalk 
interference is normal in quarter - 
track machines.-Peter Thrift, Bel- 
levue, Neb. 

A. Your dealer is wrong. In measur- 
ing channel separation, it seems he 
measured separation between the left 
and right electronics of the tape deck, 
rather than between adjacent tracks 
of a recorded tape. His measurement 
has nothing to do with adjacent -chan- 
nel crosstalk. The NAB standard says 
that crosstalk must be down 60 dB at 
all frequencies from 200 to 10,000 Hz, 
which is inaudible. Your problem is 

probably due to vertical misposition 
of the heads or (much less likely) to a 

manufacturing defect which resulted 
in excessively long gaps in the heads. 

If you have a problem or question on tape recor- 
ding, 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. 
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You make a tape with time and thou 
Carefully chosen selections recorded 

y. 

music for 
the better 
part of an 
evening.-, 

the sequence that most 
pleases you. The musical 
coherence and percep- 
tion is yours a personal 
expression. And when 
the time is right to share 

that experi- 
ence with someone you care 
for, having to stop and turn 
the tape over can break the 
mood you worked to create. 
Interruptions like that don't 
happen with the A-4300. You 

can enjoycontin- 
uous music on both 
sides of a tape with 
the automatic re- 
verse function. And 
with automatic re- 
peat, a favorite tape will playas long as 
you ike. Whether you want the music up 
front or in the background, 
the A-4300 can Check out the A-4300, and listen to it for as 

long as you like. Just call (800) 447-4700* ' 
for the name of your nearest TEAC retailer. 

givey`, solid lid 1 (r In Illinois, call (800) 322-4400. 1J 
TEAC. 

ht. 
in 

The leader. Always has been. 
TKAC Corp, Ovation of .America 

7733 Tehi;raph Road 
Vlontehello, Ca. 90540 

TEA)' 1975 

when you don't want the music to stop 
TEAL A-4300 



What's New in Audio 
J 

Phase Linear Preamplifier 

The 2000 preamp incorporates sev- 
eral unusual controls with the latest 
low -noise ICs for less than 0.1% THD, 
typically under 0.03%, and S/N ratio 
(phono) of -74 dB below 10 mV. Sepa- 
rate bass and treble controls for each 
stereo channel have detents to permit 
precise resetting. Two tape monitor 
inputs are provided, along with a low - 
frequency active equalizer. Pushbut- 

tons are provided to permit temorary 
disabling of the tone controls (return 
to flat response) a choice of either 5 or 
2 kHz treble turnover, and either 50 or 
150 kHz bass turnover points. Other 
pushbuttons cut in or disable the low - 
frequency equalization and the con- 
tinuously variable "stereo ambience." 
Priced at $299.00 

Check No. 81 on Reader Service Card 

Uher CR -210 Portable Cassette Recorder 

Billed as the world's smallest port- 
able stereo cassette recorder, the 
Model CR -210 is 7 -in. W. x 2 -in. H. x 

7 -in. D. and can be used as a stereo 
tape deck, for film synchronization 
("sound hunting"), in an automobile 
(powered by the car battery), or any- 
where else with its optional re- 
chargeable batteries. Wow and flutter 
are stated to be less than 0.12%, fre- 
quency response is 20 to 16,000 Hz 

(with Cr02 tape) and S/N ratio 58 dB 
or better. Either the built-in condens- 
er microphone or external mikes may 
be used for mono or stereo recording. 
Small loudspeakers and power ampli- 
fiers are included. Automatic loud- 
ness control operation may be dis- 
abled for high fidelity recording. The 
CR -210 is priced at $605.95. 

Check No. 82 on Reader Service Card 

TEAC Mixer Console 

Designed to handle up to six input 
signals, process them, and feed up 
to four outputs, the Model Two in- 
cludes high- and low-cut filters, cue 
out, buss in, and accessory send -re- 
ceive patch points. Any signal from 
any input may be assigned to any or 
all outputs. When more than one 
channel is assigned, pan is engaged, 
which permits shifting of the apparent 
acoustic image from extreme left to 
extreme right. Microphone inputs are 
phone plugs, line inputs standard 
phono plugs. In addition to line out- 
puts, parallel AUX outputs are pro- 
vided. Channel -assign buttons are 
push -push and color -coded to corre- 
spond to output busses. Price is 

$299.50. 

Check No. 83 on Reader Service Card 

Janis Low -Bass Speaker 

This low -frequency system uses a 

15 -in driver to extend the bass re- 
sponse of existing speaker systems. It 
reproduces the range from 100 down 
to 30 Hz ±1.0 dB, cutting off between 
30 and 20 Hz with a slope of more 
than 6 dB/oct. Harmonic distortion in 
its effective range (at 85 dB SPL at one 
meter) is less than 1.5% second, 1.0% 
third, and 0.3% higher -order prod- 
ucts. A 60 -watt power amplifier can 
drive the speaker to full output. It re- 
quires an 18-dB/octave crossover net- 
work at 100 Hz. Dimensions of oiled 
walnut (four sides, with inlaid walnut 
top) enclosure are 22 in. square x 18 
in. high. Price: $599.00. 

Check No. 84 on Reader Service Card 
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ESS Bookshelf Speaker 

The two-way amt 5 features an ESS 

Heil "power ring" air -motion 
transformer tweeter which was 
designed specifically for this system. 
The tweeter has a 16 -fold miniaturiz- 
ed diaphragm which operates in an 
identical fashion to the larger ESS Heil 
midrange/tweeter transformer. Low 
frequencies are reproduced by a 12 - 
inch acoustic suspension cone 
woofer. The oiled walnut enclosure 
measures 24 in. H x 141/2 in. W x 123/4 

in. D and has a sculptured black fabric 
grille. A three -position brightness 
switch permits high frequency adjust- 
ment. Price: $189. 

Check No. 85 on Reader Service Card 

PAIA Portable Amplifier Speaker 
Portable speaker system is 91/2 in. H 

x 61/2 in. W x 41/2 in. D, and contains its 
own amplifier for use as a practice 
amplifier for a micro synthesizer or 
other electronic instruments. Any sig- 
nal source may be plugged into the 
Pygmy amplifier to drive the 5 -in. 
acoustic suspension speaker. Output 
of the amplifier is 1.2 watts rms(up to 8 

watts peak). Power is supplied by 
eight penlight batteries which provide 
12 volts to the system which PAIA says 
should last for about a month (in ir- 
regular use). Switch selects speaker, 
headphone jack, or line level outputs 
(1V). Supplied with all hardware, but 
less strap, it weighs 51/4 lbs. The Pygmy 
kit takes about three hours to as- 

semble, costs $39.95 plus shipping. 
Check No. 86 on Reader Service Card 

Crown D -150A Amplifier 

Employing the output circuitry used 
in the Crown DC -300A power ampli- 
fier, this new basic amp is rated at 80 
watts/channel into 8 ohms from 1 Hz 
to 20 kHz at less than 0.05% harmonic 
distortion. THD is under 0.01% from 
20 to 400 Hz, increasing to 0.05% at 20 

kHz, at 80 watts per channel into 8 

ohms. IM is 0.01 from 0.25 watts up to 
80 watts, and under 0.05% from 0.01 

watts to 0.25 watts. Damping factor is 

more than 400 at frequencies up to 
400 Hz, 8 ohms. Output impedance is 

less than 15 milliohms in series with 
less than 3 microhenries. Although 
rated for 8 ohms, the D -150A will 
drive any load safely, including com- 
pletely reactive loads. May be con- 
nected for mono by switch on rear 
panel, giving 160 watts. Operates on 
110 or 240 volts. Input level controls. 
Price $479.00. 

Check No. 87 on Reader Service Card 

Community Light & Sound 
Crossover C100X 

Electronic Crossover C100X for 
biamplifying loudspeaker systems has 

a slope of 18 dB per octave for the 
highpass section, and 12 dB per octave 
for the low-pass section. Crossover 
point may be 300, 500, 800, or 1200 Hz 
(others available on special order). 
THD is rated at 0.05%, and output 
level is 9 volts across 10 K ohms. The 
unit can be powered by the firm's 
power amplifier or by a separate pow- 
er supply, which is priced at $45.00. 
The crossover is very compact, 3 in. x 5 

in. front panel, same size as the firm's 
companion units. They are a 120 watt 
(4 ohms) power amplifier, Model 
C100A, priced at $239, a four -input 
mike mixer, model C100M, priced at 
$135, and a musical instrument pre- 
amplifier, Model C1001P, priced at 

$115. 

Check No. 88 on Reader Service Card 

Burwen SP 5200 Preamplifier 

The 5200 Low Noise Stereo Pre- 
amplifier provides dynamic range of 
115 dB at zero dB. It includes provi- 
sion for connecting a dynamic noise 
filter and a program equalizer in the 
record channels. An equalizer may 
also be inserted in the monitor chan- 
nels. 15 pairs of jacks are provided, 
plus a center channel (mono output). 
The monitor selector permits listening 
to the signal source whether that 
source is being processed or not, and 
to either of two tape signals. The 
phono preamp section uses circuitry 
through which, it is claimed, the low- 
est noise level is achieved with con- 
ventional phono pickups. Input resist- 
ance in combination with the preamp 
input gain is adjustable so the unit can 
accommodate any cartridge, re- 
gardless of how low its output voltage 
is. Response is within 0.1 dB 20 to 
20,000 Hz. THD from 20 to 10,000 Hz is 

0.05% max. At rated output (2.5 V) 
noise is down 95 dB, 20 to 20,000 Hz. 
With four switched and one un - 
switched a.c. convenience outlets on 
the rear panel, the 5200 can switch up 
to a kilowatt of a.c. power. Price is 

$489.95. 

Check No. 89 on Reader Service Card 

Avid Speaker System 

Model 105 loudspeaker is a four- 
way system with a 12 -in. woofer 
whose in -cabinet resonance is 35 Hz. 
The woofer crosses over at 500 Hz to a 

3 -in. cone, which extends the re- 
sponse up to 4 kHz. Frequencies from 
4 kHz up are handled by a main twee- 
ter, 1 -in. in diameter, and above 9 kHz 
by a pair of auxiliary 1 -3/8 -in. tweeters 
angled to the sides. Midrange and 
tweeter levels are adjustable by means 
of controls on the rear of the en- 
closure. Response is within 21/2 dB 
from 30 to 18,000 Hz, and the system 
can handle up to 200 watts of program 
material. Sensitivity of the 105 is such 
that one -watt input will provide 84 -dB 
SPL at one meter on -axis. The unit is 

261/2 in. H x 20 in. W x 15 D, and 
weighs 75 lbs. It's priced at $300.00. 

Check No. 90 on Reader Service Card 
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SPECIFICATION 
MEAS. 

IN 

2 -CH. RECEIVERS 4 -CH. RECEIVERS 1 

STR- 
7065A 

STR- 
7055A 

STR- 
7045 

STR- 
7035 

STR- 
6046A 

STR- 
7025 

STR- 
6036A 

STR- 
7015 

SOB- 
8750 

SQR- 
6750 

SQR- 
4750 

Sensitivity, HF µV 2.0 2.0 2.6 2.2 2.2 2.2 2.2 2.2 1.9 2.2 2.2 

S/N ratio dB 70 70 70 68 68 68 68 68 70 70 68 

Capture rati) dB 1.0 1.0 1.5 1.5 1.5 1.5 1.5 3.0 1.2 1.5 1.5 

Selectivity, IHF dB 75 75 70 60 60 60 60 60 75 50 50 

Harmonic distortion (@ 400Hz) 

Mono % 0.2 0.2 0.2 0.3 0.3 0.3 0.3 0.3 0.2 0.3 0.3 

Stereo % 0.4 0.4 0.5 0.8 0.8 0.8 0.8 0.8 0.5 0.6 0.6 

FM stereo sEpa-ation (@ 400Hz) dB 43 43 38 35 35 35 35 35 40 38 38 

FM frequency response 20Hz- 
15kHz 
+-1dB 

20Hz- 
15kHz 
+-1d8 

20Hz- 
15kHz 
+-1dB 

30Hz- 
15kHz 
+-1dB 

30Hz- 
15kHz 
+-1dB 

30Hz- 
15kHz 
+-1dB 

30Hz- 
15kHz 
+-1dB 

30Hz- 
15kHz 
+0,-2dB 

40Hz- 
15kHz 

+0.5,-1dB 

40Hz- 
15kHz 

+1,-3dB 

40Hz- 
15kHz 
+1,-3dB 

Input sensitrvit f and impedance i 

Phono mV/ohms 3.0/47k 3.0/47k 1.8/47k 2.5/47k 2.5/47k 2.5/47k 2.5/47k 2.5/47k 2.5-5/50k 2.5-5/50k 5/50k 

Phono -love mV/ohms 

Microphone mV/ohms 1.6/47k 2.0/47k 2.0/47k 2.0/47k 2.0/47k 2.0/47k 1.5/50k 1.5/50k 

Tuner, Aux., Tape, REC/PB my/ohms 250/50k 250/50k alook 14250/50k 25o/took 250/look 250/1ook 250/100k 250/100kr 250/50k 250/50k 

Output voltage and impedance 

Preamp V/ohms 1.0/4.7k 1.0/4.7k 0.5/5k 

Rec out mV/ohms 250/10k 250/10k 250/10k 250/10k 250/10k 250/10k 250/10k 250/10k 250/10k 250/10k 250/10k 

REC/PI mV/ohms 30/82k 30/82k 30/82k 30/82k 30/82k 30/82k 30/82k 30/82k 30/82k 30/82k 30/82k 

THD @ rated output* % 0.2 0.2 0.8 

IM distortion @ rated output** % 0.2 0.2 0.8 

S/N ratio, II- F 

Phono dB 72 72 70 60 60 60 60 60 72 70 70 

Phono -low dB 

Microphone dB 65 60 60 60 60 60 65 65 

Tuner, Aux., Tape REC/PB dB 90 90 90 (80t0 ape) 80 (80 tape) 80 (80i p e) 90 90 85 
,input('1kHz . input, öU Hz <Hz = 4 

CONTINUOUS POWER OUTPUT 

2 -Channel Operation 
Minimum RMS per channel 
@ 8 ohns from 20Hz to 20kHz 

WATTS 65 40 30 
24 

40Hz 
-20kHz 

20 
18 

40Hz 
-20kHz 

15 
15 

40Hz 
-20kHz 

50 50 

4 -Chanel Operation 
Minimu -n RMS per channel 
@ 8 ohns from 20Hz to 20kHz 

WATTS 30 20 15 

Total Harmonic Distortion 
@ rated output ?-Ch./4-Ch. % 0.2 0.2 0.2 0.8 0.8 0.8 0.8 0.8 0.5/0.2 0.5/0.2 -/0.8 

IM distortior @rated output 2-Ch./4-Ch. % 0.2 0.2 0.2 0.8 0.8 0.8 0.8 0.8 3.5/0.2 0.5/0.2 -/0.8 

Frequency response 
1W output 

10Hz- 
100kHz 
+0,-1dB 

10Hz- 
100kHz 
+0,-1dB 

10Hz- 
80kHz 
+0,-3dB 

S/N ratio dB 110 100 90 

Damping factor (@ 8 ohms) 50 50 50 25 25 25 25 25 25 25 25 

Dimensions 
(height, width, depth) inches 

6 3/16 
181/4 
14 3/4 

6 3/16 
18 1/4 
14 3/4 

6 3/16 
18 1/4 

14 3/4 

5 7/8 

16 7/8 
13 3/8 

5 11'16 
17 1/8 
13 9/16 

5 7/8 
16 7/8 
13 3/8 

511/16 
17 1/8 
13 9/16 

5 7/8 
16 3/8 
13 3/8 

7 1/2 
201/2 
14 5/8 

7 1/2 

20 1/2 
14 5/8 

6 1/8 

8 1/8 

13 5/8 

Weinht the me 22 2 22 11 21 1 15:214 la 12 19 1 7 19 ln 1P h 47 11 A4 2 20 
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If you ask anybody what 
they think of when they hear 
the name Sony, chances are 
they'll say our televisions. 

And rightly so. 
Because our TV's have 

done more to get us where we 
are today than anything else. 

The problem is not 
many people have a clear 
picture of the terrific things 
we make besides televisions. 

For example, we make 
receivers. And into our receiv- 
ers goes over 20 years of 

S. 1975 Sony Corp. of America Sony, 9 W 57 St. N.Y, N.Y. 10019. SONY ,s a trademark of Sony Corp. 

.'3:7..ºº. 
:I 

f I 

experience in working with 
solid-state audio equipment. 

We make turntables. 
And we make them with our 
unique servo motor to elimi- 
nate the noises that cause a 

record to sound badly. 
We make separates. 

Which are a variety of ampli- 
fiers and tuners that offer 
tremendous flexibility in 
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putting together a system. 
And have you heard our 

speakers? That when 
matched with our corn po- 
nents offer sound quality 
unequaled anywhere. 

If we've gotten you this 
far and you'd like to know 
more, simply fold down this 
ad. You'll find some not so 
important things like our 

MON V 

model numbers to some very 
important things like our 
specs. 

If you're still not satisfied 
after that, there's only one 
place left for you to go. 

To your local Sony dealer. 
Because while here you 

can only listen to what we 

have to say, there you can 
listen to what our components 
have to say. 

Check No. 143 on Reader Service Card 



{ TUNERS PREAMPS INTEGRATED AMPS POWER AMPS 

STC- 
7000 

ST- 
5130 

ST- 
4950 

ST- 
5150 

ST- 
5055 

ST- 
5066 

TAE- 
8450 

TA- 
2000F 

TA- 
8650 

TA- 
1130 

TA- 
4650 

TA- 
1150 

TA- 
1055 

TA- 
1066 

TAN- 
8250 

TAN- 
8550 

TA- 
3200F 

TA - 
3140F 

1.7 1.5 1.9 2.0 2.2 2.2 

70 75 70 70 68 68 

1.0 1.0 1.0 1.0 1.0 1.5 

100 100 80 70 70 55 

0.3 0.2 0.15 0.3 0.4 0.5 

0.5 0.3 0.3 0.5 0.6 0.8 

40 42 40 40 35 35 

I30Hz- 
15kHz 

j +-1d13 

20Hz- 
15kHz 
+-1dB 

20Hz- 
15kHz 
+ldB 

20Hz- 
15kHz 
+-1dB 

30Hz- 
15kHz 
+-2dB 

30Hz- 
15kHz 
+-2dB 

2.0/47k 1.54.5! 5ok50k 1.2/33k -82k 
Z5-4.5/ 

100k 1.2/47k 2.5/47k 2.0/47k 2.0/47k 2.5/47k 

0.16/10-1k 0.06/10-30 0.1/30 

0.63/47k 0.16/50k 0.5/100k 0.2/50k 2.0/47k 

200/50k 150/50k 110/100k 150/100k 130/100k 150/100k 140/50k 250/50k250/50k 

, 

' 2.0/2k 1.0/1k 0.32.6k 1.0/600 1.0/5k 1.0/3k 0.8/2.7k 

250/10k 150/1k 100/10k 150/600 150/10k 150/4.7k 140/10k 250/10k 250/10k 

30/82k 30/82k 30/82k 30/82k 30/82k 17/82k 24/82k 30/82k 30/82k 

0.1 0.03 0.03 0.03 0.1 0.1 0.1 

0.1 0.05 0.05 0.05 0.1 0.1 0.1 

F-67 70-75 73 70-75 70 70 70 70 70 

60 50 55 

' 52 50 50 40 65 
1 

% 

90 90 90 , 85 90 90 90 90 90 

80 50 30 30 
20 

40Hz 
-20kHz 

15 

40Hz 
-20kHz 

150 100 100 35 

1 

0.1 0.1 0.1 0.2 0.5 0.8 0.1 0.1 0.1 0.1 

0.1 0.1 0.1 0.2 0.5 0.8 0.1 0.1 0.1 0.1 

DC- 
100kHz 
+0,-1dB 

10Hz- 
200kHz 
+0,-2dB 

2Hz- 
100kHz 
+0,-2dB 

12Hz- 
150kHz 
+0,-2dB 

DC- 

100kHz 
+0,-1dB 

DC- 
100kHz 
+0,-1dB 

5Hz- 
200kHz 
+0,-2dB 

10Hz- 
200kHz 
+0,-2dB 

100 110 110 110 100 100 110 110 

100 100 45 100 22 22 250 200 170 100 

5 9/16 

1813/16 
13 9/16 

5 7/8 

15 3/4 
13 9/16 

6 5/8 

16 7/8 
13 

5 7/8 
15 3/4 
13 9/16 

4 3/4 
161/8 
11 1/4 

4 3/4 
16 1/8 
11 1/4 

6 3/4 
17 3/8 
13 3/8 

5 

15 
12 

7/8 
3/4 
7/8 

5 3/4 
17 3/8 
16 1/8 

5 7/8 
15 3/4 
12 7/8 

6 5/8 

16 7/8 
12 3/4 

5 7/8 

153/4 
12 7/8 

4 3/4 
161/8 
111/16 

4 3/4 
16 1/8 
11 1/16 

6 3/4 
17 3/8 
16 1/8 

6 3/4 
17 3/8 
16 1/8 

5 7/8 
15 3/4 
12 3/4 

5 7/8 
7 7/8 

129/16 
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N armonis 
isisrilen 

Richard C. Heyser 

ONE TYPE of distortion a loudspeaker system can pro- 
duce is the generation of extraneous harmonics 
when the system is driven by a single sustained tone. 

Thus, if a speaker drive signal consisting of a perfectly pure 
tone with no musical partials is reproduced with tonal har- 
monics in addition to the pure tone, then harmonic dis- 
tortion has occurred. Since we are concerned with a sus- 
tained tone, the distortion components will consist of whole 
number harmonics of the fundamental pitch, that is the sec- 
ond, third, etc. harmonics of the fundamental pitch. 

It is our belief that readers of Audio can relate more easily 
to musically based tones in distortion measurements than to 
test frequencies which might have a technical but non-mu- 
sical basis. For that reason, we use test frequencies based 
upon the musical scale. 

The test tones for these measurements were chosen with 
some care. First, the number of tones needed to be limited 
to keep the data from overwhelming the interpretation of 
performance. Second, it was decided that the span of the 
tones should encompass not only the usual range of funda- 
mental notes produced by musical instruments, but also be 
placed to show possible speaker problems. Finally, the har- 
monic structure to be measured needed to be meaningfully 
related to both musical experience and to conventional 
speaker problems. 

The three tones Bally chosen were El or 41.2 Hz, A2 or 
110 Hz, and A4 or 440 Hz. El was chosen to represent the 
lowest fundamental one might generally find in music. The 
note is also near or below the low frequency cutoff of even 
the largest reproducing systems we might be called upon to 
test. 

A2, in the octave below middle C, was chosen for its tonal 
position at the transition point one might conceive between 
bass and middle tones, aswell as the fact that even the small- 
est systems should be able to reproduce it. 

A4, a fundamental note for many instruments and vocal- 
ists, was chosen not only for its musical significance, but also 

because it is in the range where many speaker systems are in 
crossover or where the bass driver is running out of steam. 
In those instances where the crossover is below 500 Hz, we 
replace A4 with a musical tone approximately a half octave 
below the actual crossover frequency. 

Another reason for choosing these three frequencies is 

that the significant harmonics fill up the frequency range 
between the three chosen tones without overlap. In analysis 
of this measurement, the harmonics or distortion terms 
which are significant are the second harmonic (the same 
tone in the next higher octave) and the third harmonic (the 
fifth in the next octave). Fourth and higher harmonics are 
rarely of any significance when the speaker is driven within 
the maker's recommendations. When these harmonics do 
occur, they show up as an audible breakup or knocking, 
which usually signifies mechanical problems. 

Measurement Scales 
Harmonic distortion is measured in per cent. The funda- 

mental's level is defined as 100 per cent at each point of our 
measurement, and the distortion component is given as a 

percentage of this level. 
This percentage measurement of harmonic distortion can 

be related to musical experience in the following manner. 
In an out-of-doors situation, the sound pressure will halve 
each time you double your distance to a source. If, for ex- 
ample, you were ten feet from a soloist and stepped back to 
twenty teet, the direct sound would be reduced by 6 dB. 
This would take a 100 per cent value at ten feet and reduce it 
to 50 per cent at twenty feet. If you stepped back to forty 
feet , the reduction would be another 6 dB to producé a 12 
dB pressure drop, or a change to 25 percent of the original 
ten foot level. 

If you divide the harmonic percentage value into 100 this 
gives the distance you must move away to hear that level of 
sound. Ten per cent is a distance of 10 times, or 100 feet for 
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our example where 10 feet was 100 per cent. This simplified 
analysis assumes free -field conditions for the direct sound 
and is a reasonable rule of thumb for those who would be 
able to relate this to out -doors concerts. 

Thus a twenty per cent third harmonic distortion of A2 
could be musically equated to listening to two instruments. 
One instrument is playing a pure A2 and is at a given sub- 
jective distance. The second instrument, representing the 
distortion, is playing the musical fifth in the next octave and 
is at an open air distance five times that of the fundamental 
instrument with respect to you. 

The musical effect of the second or phantom instrument 
may not be great. In fact, the harmonic distortion of this 
type can subjectively enrich an otherwise dull sine wave. Be- 
ware, however, of the error of assuming that if the effect is 

benign for a sine wave, that it will be similarly all right for a 

complex musical tone. Complex musical tones are them- 
selves composed of harmonics, and they may have that 
structure of harmonics altered because each harmonic in 
the original tone can act as an equivalent fundamental and 
produce additional distortion products. The result is not 
necessarily musically correct. 

Harmonic distortion is also measured as a function of am- 
plifier power. Each of the three fundamental tones we mea- 
sure has its pressure for that value of power converted to the 
equivalent one -meter on -axis sound pressure level, and this 
is why each fundamental has a separate horizontal SPL scale. 
The reason we do this is to give you a measure of the 
amount of relative distortion to be expected for wide -range 
program material that hasn't been modified by the use of 
tone controls. This lets you determine how loud you may 
play music for an acceptable distortion level and shows the 
amount of amplifier power demanded at that sound level. It 
also lets you see how much distortion can be expected if 
you equalize the speaker for "flat" amplitude. 

Test Procedure 
The actual method of measurement of harmonic dis- 

tortion performed by Audio is a bit different from conven- 
tional methods. A narrow -bandwidth, Wiener matched fil- 
ter is used, and it has been optimized for slightly less than a 

one -second time measurement. This filter has its center fre- 
quency of acceptance phase -locked to the appropriate har- 
monic of the actual sine -wave signal used to drive the 
speaker. A transmit attenuator, which is stepped in 2 -dB in- 
crements, feeds the fundamental to the power amplifier 
used in the test. A receive attenuator, which compensates 
exactly relative to the transmit attenuator, reduces the mi- 
crophone signal. In this way, the received level into the 
Weiner filter remains constant throughout the measure- 
ment. 

When a measurement is to be made, the filter is "en- 
abled" and a 980 millisecond burst of the fundamental is fed 
to the amplifier. At the end of this period, the transmit pow- 
er is clocked off and the output of the filter transferred to a 

memory circuit. An X -Y plotter, which produces the original 
of the graph shown in the reviews, is programmed to draw a 

straight line between the previous distortion -versus -power 
value to the new distortion -versus -power value of the mea- 
surement just completed. 

During the measurement, several precautionary tech- 
niques are used. First, an oscilloscope is used to view the 
normalized speaker output signal, which is also listened to 
over an auxiliary speaker system. This is done to discover 
rattles, buzzes, or other mechanical problems, which would 
indicate that the maximum safe power limit has been 
reached. The short power burst was chosen to prevent 
speaker damage, since sustained high power levels can soon 

char even the most robust speaker. As an additional pre- 
cautionary measure, automatic equipment measures the in- 
stantaneous volt-amperes and the accumulated watt -sec- 
onds of energy and will quickly terminate a measurement if 
predetermined safe limits are exceeded. 

One side benefit of these precautionary measures is that 
every power measurement is started from the same oper- 
ating temperature. This has disclosed that some speakers 
"settle into" a tone burst within an acoustically significant 
period of time. The implication is that harmonic distortion 
in some speakers is a function of time as well as drive power. 
This will be pointed out in reviews when it appears to be 
sonically significant. 

The measuring microphone is placed in close proximity to 
the transducer under test. This is done to guarantee that po- 
lar response patterns will not give erroneous distortion 
readings. 

What It Means 
The first thing to keep in mind about these harmonic dis- 

tortion measurements is that the magnitude of distortion is 

much higher for speakers than for amplifiers. Harmonic dis- 
tortion in a speaker may be a thousand times greater at a 

robust sound level than in the amplifier driving that speaker. 
The reason for this disparity in the magnitude of distortion 
and the relative "listenability" of speakers, amplifiers, and 
the other parts of the reproducing chain is a research sub- 
ject much too deep to go into here. The basic point to re- 
member is that the high percentage values of harmonic dis- 
tortion for speakers relative to amplifiers is normal. How- 
ever, do not assume that you cannot tell the difference be- 
tween a good and a bad amplifier simply because the speak- 
er through which you're listening to the two amplifiers has 

relatively higher distortion measurements. The differences 
between the two amps will be audible in most cases. 

When checking the harmonic distortion graphs, note if 
the distortion increases smoothly with power level since de- 
viations from a smooth curve can tell you a great deal. A 

nonlinear suspension is generally indicated by a second har- 
monic which is moderately high at lower power levels, say 1 

per cent at 0.1 watt, and rises very slowly with increased 
power. Quite often some of these curves will actually drop 
with increasing drive level over a substantial range. In such a 

case, a second nonlinearity, such as an off -center voice coil, 
may become prominent at higher drive levels and cause a 

rapid rise of distortion. When this occurs in the lowest regis- 
ter, the sound is often muddy in tonal balance. 

While generalities are of course hazardous, it can be 
stated that a distortion curve which does not rise smoothly 
with increasing drive level tends to invert the subjective or- 
dering of the ways sounds behave when we hear them natu- 
rally. Such a distortion is perceived as something that's dif- 
ferent or odd about the reproduced sound, but something 
you can't quite put your finger on. 

Harmonic distortion will generally be higher for El than 
for A2 or A4. Usually, though not always, this will be because 
of greater cone excursion. If the distortion level rises 
smoothly with increases in power, then abruptly increases, 
the problem is probably due to cone motion. In the case of 
third harmonic increases, the voice coil may be running out 
of the linear region of the magnet structure. The sound in 
this case will be mushy and may subjectively appear louder 
than it actually is. 

In all cases, the harmonic distortion should continually 
drop with a decrease in drive power. If, however, the dis- 
tortion levels off and stays at a moderately high level even at 

0.1 watt drive, the reproduced sound will definitely be 
colored by distortion. 
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IT'S GETTING to be a game for 
those with wits, both musical 
and engineering, this tracing - 

down of the LP reissue, unidentified 
as to origin. There are thousands of 
them, and prizes for all in the guess- 
ing game courtesy of the record com- 
panies, who remain singularly mum 
and give you no hints at all 95 per cent 
of the time. Guess and guess again. 
Mum for sales. Every record, today, 
must look brand new, even if it isn't, 
even though it may be an honorable 
and timeless oldie, quite im- 
perishable. Whatever it is, give it a 

new cover and shrink wrap it! And say 
not a thing about its past, the when 
and the where. Not even the copy- 
right. Have you noticed it's always of 
the current year, at least in this coun- 
try? 

In due time, a hundred years, the 
scholars and the painstaking research- 
ers will have to get busy on this prob- 
lem. I can see PhDs granted by the 
dozens. If I were such ,a scholar, I 

should already be in 47th heav- 
en-there's so much to do. But I am 
not and never will be. I love a good 
mystery and I hate to dispel it too 
quickly with dull facts. I don't make 
investigative phone calls. I much pre- 
fer to listen, and put my 2 and 2 to- 
gether. I do indeed respect the oldies 
now being reissued by the hundreds; 
many of them I reviewed when they 
were genuine newies. The LP is more 
than a quarter of a century old and 
the 78 electric goes back half a cen- 
tury-I was there, more or less, all 
along. I saw and I heard. I listened all 
the way. Often I can, with great luck, 
actually put hand to the original 
record itself on my own shelves, the 

Edward Tatnall Canby 

source of the reissue, though so often 
unnamed. In Europe, most reissue 
recordings are dignified with at least 
an original copyright date, if not more 
precise info as to first label and date of 
recording. Not here. Wouldn't sell. 
Everything must be new. (Well, if not 
new, then legepdary.) 

So I can't help doing a bit of not -so - 
amateur sleuthing when a familiar 
sound hits my ear-now where have I 

heard that before? No phone calls, no 
reportage a la TV and newspaper. Just 

putting clues together, which gets to 
be more fun each year as time gets 
ever longer and more crammed with 
the records of the past. Take, for in- 
stance, a recent brand-new (?) Olym- 
pic Records release, the Bach Bran- 
denburg Concertos, 8131/2, complete 
on only 2 LPs (we cut grooves close 
and fine these days), as performed by 
the Boyd Neel Orchestra under Boyd 
Neel. 

For all you know, Mr. B. Neel is one 
of those young, longhaired squirts of 
a conductor fresh out of something or 
other and "acclaimed" already until 
acclaim comes out of his ears. But 
Boyd Neel happens to be a name I've 
known all my life, on records. Facts? 

The library? Phone calls to Authority? 
Why bother? I already know, because 
I heard them, and own them. I know 
that in the early 1950s there were 
Boyd Neel Orchestra recordings of 
Mozart, Bach, and such on the 
Oiseau -Lyre table, which has long 
been a subsidiary of London (English 
Decca) though originally a French 
one -woman outfit, if I remember 
rightly. She went back, far back into 
78s. My persistent but quirky memory 
tells me that somewhere up in my at- 

tic I might find another batch of 78s-I 
see them with bright green labels, or 
do I?-on which the selfsame Boyd 
Neel and his Orchestra played-was it 
Mozart? Maybe some of the early 
little Symphonies. I am indeed vague, 
but very positive none the less. 

Recherche du Temps Perdu 
Right here my early 78 research 

must end. For years I've fought to 
keep up with the LP flood and the 78s 

have just had to wait. Shelvesful of al- 
bums. Horizontal piles of mixed 78 

singles (we always bought singles, 
even out of larger works), carefully 
stashed so they won't "pour" like 
Dali's limp watch, which shellac discs 
can easily resemble, given time and 
gravity. So you must take my word, 
such as it is, on the green -labeled 
Boyd Neal 78s. They surely lie within 
20 feet of me right now; but as just 
surely, it would take me 20 days to dig 
them out. Anyhow...Boyd Neel does 
go back. Definitely, I'd say, he is now 
a reissue and no musical spring chick. 

But this Olympic reissue of Neel has 
a modern sound, even so. It is clearly 
from tape (says my ear) and not 78. A 
late operation? Now my interest is re- 
ally piqued. And I do have an LP card 
catalog. Let's look. 

Eureka! Under Brandenburg Con- 
certos (after I had found them in the 
wrong place in the Bach file, under B 

instead of C), I note a white card 
(mono-stereo is blue) which says 
that this very music, by the same or- 
chestra under Neel himself, can be 
found on Unicorn 1041 in my collec- 
tion, as of c. 1957. So-out to the 
stacks and to. Unicorn. Typical! I still 
have some four inches of the LP pro - 
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Introducing 
the small speaker with`big'ideas 

Celestion UL6 
Compact Shape 
How small? 1 1Áx 16x 8X in. to be precise; 
these measurements are the only 'small' thing 
about UL6. 

Expansive Sound 
UL gives expansive, open, natural sound; only 
Celestion have truly conquered the technical 
problems which have previously been held to be 
insurmountable. 
An intensive three year development programme 
has crystalized a life times know-how of 
speaker design and given birth to UL. 

such as organ and double bass. 

UL means ultra linear; UL also represents 
unlimited quality of sound; Celestion experience 
makes possible a prestige product at an ordinary 
cost. 
The UL6 speaker has precise and beautiful 
balance both aurally and visually. 

Celestion 

Superior Performance 
Inside the beautiful exterior are the new 
'acoustic motor units' which make these designs 
possible. New soft dome 'tweeters' of impeccable 
design to give smooth sweet treble sounds; 
bass units built on to diecast chassis, with small 
ultra -low distortion bextrene diaphragm,extra 
large voice coil (1i/ in.) and magnet for high 
accuracy and ability to handle wide dynamic 
range and high peak music levels when required. 
The third diaphragm is Celestìons auxiliary bass 

radiator ABA' which comes into its own on the 
extreme low notes of instruments 

Hear the full range speak for itself. 
Please send me full details of 
UL6 UL8 UL1013 and inform me of my 
nearest franchised demonstration centre. 

Name 

Address 

ROCELCO INC. 180 Ronald Dr. Montreal, Canada H4X 1M8 Phone (514) 489-6842 

Los Angeles: (213) 985-5707 Chicago: (312) 381-4559 New York: (516) 938-4057 

Check No. 10 on Reader Service Card 



THE_ 

COLOSSUS 
by KUSTOM ACOUSTICS 

(Grill Removed) 

Shown in Standard Swirly -Crotch, 
Semi -Figured, Walnut Veneer 
Construction 

Left Channel Speaker Shown of 
Matched System, Specifically 
Designed and Built for Audiophile 
and Commercial Application. 

Nine Other High End 

Speaker Systems from $299 

Dealer Inquiries Invited 

ACOUSTICS Inc. 

6606 West Irving Park Road 

Chicago, Illinois 60634 
Telephone (312) 685-0609 

Check No. 24 on Reader Service Card 

duction from that small and genteel 
Boston label, which departed not too 
long after its birth. But record number 
1041 is missing. I did have it- 
otherwise no card. Somebody, then 
must have "borrowed" 1041 years 
ago, as too often many another 
somebody has done with dozens of 
my records, now mysteriously absent. 
All well intentioned, you understand, 
and my friends are never thieves 
(hardly ever); it is merely what I call 
convenient forgettery. Anyhow-no 
1041. 

Too bad. A direct A/B comparison 
would very quickly tell me whether 
the two recordings are one and the 
same, not only in the general sound 
but, more discreetly, via musical clues 
very much available to the practiced 
ear-tiny slurs and wavers, say, in a 

solo violin, minutely out -of -time en- 
trances, microscopic lapses in pitch 
which would never occur twice the 
same. Yes-there are numerous 
"takes" but usually the final master 
tape, at least until recently, is defin- 
ittive. The re -mix is relatively a new 
thing. So-no A/B between Olympic 
and Unicorn 1041, alas. 

Give up? Not yet. Right next to 
where 1041 should have been was 
Unicorn 1042, Mozart, played by the 
Boyd Neel Orchestra under Boyd 
Neel. Not an exact A/B, but do you 
think I could pass that one up? Proba- 
bly, almost surely, it came out of the 
selfsame recording sessions. Wouldn't 
you think? So let's compare. 

First, some thoughts. Where do old 
tapes go when their parent companies 
depart? As we know, many are re- 
born, but in various guises. First: the 
new owner takes over the whole cata- 
logue, perhaps for a song, and makes 
cash simply by continuing to press the 
same old discs, so long as demand 
continues. Cheap-he doesn't have to 
pay for the recording process. Like 
the guy who buys a gas station, ready 
to pump, from the original guy who 
couldn't keep up the mortgage. There 
are dozens of classical labels which 
exist pretty much on this basis, stati- 
cally. Some go back a quarter century. 
Or second: somebody buys up the 
master tapes and puts them out on a 

new label, as new records. That's how 
they look, anyhow (and they are often 
improved). So it seems to be in our 
present case. Not a single indication 
on the Olympic album that these 
aren't brand-new, original recordings. 
(And had you ever heard of Boyd 
Neel?) 

Or third: the tapes are licensed out, 
for limited -area reissue, often without 
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the requirement that the original 
source be indicated-"an EMI record- 
ing" for example. Anyhow, the source 
is, in fact, often missing. Moreover, 
pirated recordings tend to omit the 
tell -tale details, even to total an- 
onymity, though others brazenly tell 
all in total defiance. But we are not on 
a pirate chase at the moment; so, 
fourth: there are the reissues put out 
by the parent company itself, of- 
ten-not always-on its low -price la- 
bel. Ah yes, The Great Columbia Ster- 
eo Recordings, now on Odyssey, and 
the same for Angel (EMI) on Sera- 
phim, and so on. The only point here 
is that many of these, too, carry no 
dates of origin. As G & S once said, 
they may very well pass for 43 in the 
dusk with the light behind them. As I 

say, everything, everything, must look 
new. Silly. You can probably think of 
other categories of reissue, but 
enough. 

The Plot Thickens 
So I played Unicorn 1042 and Olym- 

pic 8131/2 and, by golly, they do 
sound very much alike in the base 
sound (not bass-base!), allowing for 
a different composer and for 1957 vs. 
1970 engineering. Maybe I'm right. 
Could be, I say to myself, adding pro- 
cess -of -elimination to the verdict of 
my ears. Not 78s. And those Oiseau - 
Lyre recordings of the 1950s were 
conducted by a house conductor, 
Thurston Dart, not by Neel. A new 
point of interest. The Unicorn music, 
it says on 1042, was "mastered" by Pe- 
ter Bartok. A new mystery, a subplot, 
here. Did he make the tapes? Or the 
disc masters? Or both? Not clear. 

Peter Bartok, son of the composer 
Bela Bartok, was, in the mid -50s, al- 
ready a dedicated, conscientious in- 
dependent recording engineer whose 
own label, Bartok Records, was mainly 
for works of his father, not yet widely 
recorded elsewhere. His outside jobs, 
too, were generally high class and 
state of the art including one I played 
the other day, Sounds of Antique 
Autos, also Unicorn. (I hear his voice 
on that one, asking questions about 
the old cars.) So-he did do important 
original taping for Unicorn. But "mas- 
tering"? I'm thinking that maybe Lay- 
out & Production, at Unicorn, wasn't 
entirely clear in its mind as to what 
that magic word meant-this was 
1957, or so, remember. Did P. Bartok 
also cut the disc master? 

I looked at 1042 itself, right their in 
my hand. Not a sign of the indented 
PB which is on all of Bartoks own mas- 
ters. Instead, a boldly scratched -in set 
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LUX offers three good reasons 
for the growing movement toward 
separate amplifiers and tuners. 

Possibly the highest acclaim a receiver can be 
awarded is to have one or more of its elements 
compared favorably with its equivalent in a separate 
tuner, preamplifier, or power amplifier. Nevertheless, 
for most music lovers, a good receiver more than 
fulfills their requirements. But for a growing number 
of dedicated audiophiles, who are seeking the 
ultimate in music reproduction, nothing but separates 
will do. 

They know what kind of power it takes to 
reproduce music's original wide dynamic range and 
high levels without peak clipping or distortion. 
(A barely detectable 3 -dB increase in output level 
requires double the amplifier power) A very powerful 
amplifier must have massive power -supply 
components to be able to deliver the large amounts 
of current demanded by high-level output circuits. 
The size and weight of the power transformers alone 
means receivers must leave off well below where 
really high power begins. 

For those who want to hear their music at 
realistic sound levels, LUX audiophile/engineers 
have designed products such as the M-4000 power 
amplifier. This unit is capable of 180 watts per channel, 
minimum continuous average power, and even with 
both channels driven simultaneously to full output 
into 8 -ohm loads, each channel has no more than 
0.05% total harmonic distortion at any frequency 
from 20 to 20,000 Hz. 

Sophisticated protection circuits react to the 
electronically -subtle differences between normal 
high-level audio signals and abnormal 
voltage/current conditions. Hence, 
the M-4000 won't be fooled 
into producing unpredictable 
and audible distortions when 
operating with certain reactive 

Luxman C-1000 
Preamplifier, 
$895. 

loudspeaker loads. Each of the stages-Class-B 
output and Class -A drive-has independent power - 
supply sections to minimize intermodulation effects. 
And fully independent power -supplies for each 
channel maintain full wattage potential under large - 
signal drive conditions. 

Similar considerations went into the design of 
the C-1000 preamplifier. Every parameter that 
contributes to sonic differences, subtle as well as 
obvious, was examined anew. Among them: phase 
linearity, rise time and small -signal overload. 
One result: the magnetic -phono input circuits are 
virtually overload-proof-accepting almost half a volt 
at 1000 Hz! Another: the phono -preamplifier circuits 
have astonishingly low distortion of 0.006%, and the 
rest of the preamplifier circuits add only 0.001% more. 

The Luxman T-310 AM/FM stereo tuner has 
everything from calibrated Dolby circuits for decoding 
Dolbyized FM broadcast and tapes to variable AM 
muting. Among its typical specifications: an IHF- 
ratio sensitivity of 1.7 microvolts and an exceptional 
2.2 microvolts for 50 dB of quieting. And special 
five -pole phase -compensating filters in the IF 

section contribute to a 1.5 -dB capture ratio and 
exceptionally low distortion levels (0.1% mono, 
0.12% in stereo). 

Of course, it takes some technical knowledge to 
fully appreciate the design approaches described 
above. But only your ears are required to hear the end 
result. In either case, you may soon be among those who 
own one or more of the thirteen LUX power amplifiers, 

preamplifiers, integrated amplifiers or tuners. You'll 
find them at a select number 
of dealers who are 
dedicated audiophiles 
themselves. 

Luxman M-4000 
Power Amplifier, 

$1,495. 

Luxman T-310 
AM/FM Tuner, 
$595. 

Dolby is a trademark of Dolby Laboratories, Inc. 

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

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



THE 

GOLD-PLATP 
RELIABILITT 
FACTOR. 

In this age of planned obso- 
lescence, unreliable performance 
and shoddy workmanship are 
almost taken for granted. But there 
are still a few exceptional products 
that are built to last and one of 
them is the Revox tape recorder. 

Revox dependability is 
a combination of 
many factors, 
but perhaps 
the most 
important 
of them 
is advanced 
engineering. 
Borrowing from j 
space age technology. 
Revox gold-plates all of the 
electrical contacts on its plug-in 
circuit boards, relays and rotary 
switches. The result: every one of 
these movable contacts, the ones 
that usually cause most of the 
problems, can be depended upon 
to perform well for the life of 
the machine. Obviously, gold 
plating is considerably more 
expensive than conventional tin- 
ning, but Revox thinks it's worth it. 

Because Revox engineers 
demand margins of perfcrmance 
and reliability that far exceed 
ordinary production standards, you 
can own a tape recorder that will 
work perfectly the first time you 
use it and for years to come. 
And that's why Revox 
is the only one 
to back its A77 
machines with 
a lifetime 114 
guarantee. 

RE V 

0 RINSE. LY 

T E 

Revox Corporation 
155 Michael Drive 
Syosset, N.Y. 11791 
The Illustration contains optional extras. 

of initials with a rectangle around it, 
on both faces-DBH. Now are we re- 
ally getting into history! Without a 

doubt, DBH did the actual cutting of 
that disc and, in all probability, its 

partner too, Unicorn 1041, the missing 
Bach. 

The sound? Rather to my initial sur- 
prise, 1042 seemed to me-by today's 
standards, of course-to be a bit on 
the high-level scratchy side, not any 
too clean. Are we now spoiled? Yet 
isn't this what we would expect from 
the middle 1950s? We had superb 
tapes then, in the late mono period, 
but LP disc cutting still was, shall I say, 

so-so. Or so we now feel. Even if P. 

Bartok cut this disc, it just might 
sound a wee bit scratchy today, my 
common sense tells me. No? Well, in 
any case we must not too quickly 
blame the mysterious DBH. He simply 
could have been using his company's 
currently operating lathe, cutting 
head, and stylus, not to mention well - 
used recording circuitry (tube), and 
he might even be required by com- 
pany policy to cut high in level-who 
knows? I can easily imagine that DBH, 
in the cutting room, had been pester- 
ing the upstairs brass to let him throw 
out this old equipment and get some- 
thing really up to date...speculation, 
but it could have been the truth. I 

searched my non -memory and could 
not come up with a name for DBH. 

On Olympic, we have a smooth 
modern cut, of the sort that today is 

available from a thousand excellent 
studios all over, the very best of the 
1970s. Not in the least surprising. But 
wha-? more mystery. Are there two 
Olympic labels? Very likely. At last 
count there were four Advents. Seems 
that the Univ. of Washington has an 
Olympic label, out in the far N.W., 
maybe named after the nearby Olym- 
pic Peninsula; but this Olympic, our 
Olympic, is based in New York, 
though it seems to be an offshoot of 
the Everest reissue empire on the 
southern West Coast. Well, let's put 
that one aside. At this point I couldn't 
care less if there are 10 Olympic la- 
bels, and maybe there are. One of 
them, ever so definitely, is putting out 
old Boyd Neel, and that is what inter- 
ests me. But if you want his actual 
dates, this Boyd Neel, go look them 
up for yourself. And if you discover 
that the man actually turned a ripe 24 

in 1975, I will be utterly confounded 
(and delighted at the game). On the 
other hand, if he is still around and 
kickin', live, then I say he is another 
Stokowski, or soon will be. He'd have 
to be. 
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Calling Mr. H... 
Now, will a certain DBH, recording 

engineer, possibly still in the Boston 
area, maybe in New York, or wherev- 
er, kindly step forward? And for 
goodness' sake, DBH, don't get pi- 
qued; you did decidedly OK for 1957, 
if that was the date of Unicorns 1041 

and 1042; and if you didn't, then it was 
probably too many Unicorn cooks 
with their fingers in the engineering 
stew. It happens, even today. Hey, 
and definitely, too, we'd be glad to 
hear from anybody else who might 
add a bit of detail to this particular 
mini -story, among thousands such. 
For fun & games. 

Yeah, I know. Now we get the inevi- 
table "didn't -you -know?" letters. 
Nope, I didn't. Why should I? I am not 
really sure (not having the direct au- 
dible A/B evidence) that Olympia's 
Brandenburg Concertos with Boyd 
Neel are, in fact, Unicorn's, and 
maybe Peter Bartok's. I'm not sure I 

want to be sure. I like a mystery. Espe- 
cially an ear mystery. But really, now, 
couldn't I make a quick phone call to 
Olympic Records (one of them), 
straight to the horse's mouth? Nope. 
They probably wouldn't know, except 
the Big Boss, maybe, and why should 
he give gratuitous info to any in- 
quiring press? Not these days. What 
do origins matter, just so he has a sa- 
lable tape, free and clear, and "mas- 
tered" by one Peter Bartok. 

Oh yes-stereo. Olympic's Bach 
Brandenburg Concerto album 8131/2 
is plainly marked STEREO on the yel- 
low cover. No indication of stereo 
simulated. Unicorn's 1041 and 1042, 
same performers, were of course 
mono discs, released before the ad- 
vent of disc stereo. Olympic could, I 

would say, be offering simulated ster- 
eo, not so indicated. Possible. (I could 
test that by ear if I had a few moments 
more.) But remember that many a fine 
tape-including Peter Bartok's?-was 
made in two -channel mode years be- 
fore the stereo disc hit the market; 
mixed down to mono, for disc. 

Did Peter Bartok, then, record the 
present Olympic 8131/2, and many 
another tape, for the old Unicorn la- 
bel? And were his tapes indeed done 
in actual stereo-still extant on the 
master tapes though not appearing on 
the original discs? Again, it seems pos- 
sible. Need I say more? I go no fur- 
ther. Not even one simple phone call 
to an old friend. See phone book un- 
der Bartok. 

P.S. I'VE GOT IT!! PB and DBH. 
Come out of your hole, David B. Han- 
cock! 
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JBL Loudspeaker Components 

Twelve brand new pages. Forty- 
seven JBL components-dividing 
networks, lenses, horns, 
transducers, everything. 

Lots of these goodies have never 
been available as individual 
components before. (They've been 
performing inside JBL's newest 
professional studio monitors.) 

Write us. We'll send you the 
catalogue, free, along with the 
name and location of your nearest 

authorized JBL Loudspeaker 
Components Dealer. 

He's important. Besides all those 
components he's got a fresh 
supply of the new JBL Enclosure 
Construction Kits that tell you 
everything you need to know about 
building your own JBL enclosure. 

Fill out this coupon and send it 
along to JBL, the people who 
wrote the book on sound. 
Check No. 21 on Reader Service Card 

UBL 

3249 Casitas Avenue 
Los Angeles 90039 
Gentlemen: 
I can't beat the price. Send 
me the book. 

Name 

Address 
City State Zip 

James B. Lansing Sound, Inc. 
High fidelity loudspeakers 

from $99 to $3210. 
A-2 



Behind The Scenes 

Autumn in New York, a belea- 
gured city with the fiscal 
hounds yapping at its heels, a 

creaky old vessel floundering in a sea 

of red ink, the Big Apple riddled with 
the worms of worry-is this ány place 
to hold an. Audio Engineering Society 
Convention? Why not? There still is a 

venue there called the Waldorf-As- 
toria and, nothing daunted, this is 

where the AES held its 52nd Con- 
vention on October 31 to November 
3rd of last year. 

Inevitably, some AES conventions 
are more interesting than others. 
Some have the excitement of new 
technical breakthroughs or the in- 
troduction} of quadraphonic sound, 
for example. While no rockets were 
launched at this 52nd convention, 
there were some noteworthy papers 
presented and some interesting new 
equipment was on display. As usual, 
the Grand Ballroom of the Waldorf 
was crammed with the tools of the au- 
dio engineer's trade: multi -channel 
tape machines, mixing consoles, noise 
reduction equipment, delay units, mi- 
crophones, measuring equipment, 
etc. Darned if I know the reason why, 
but the "hot" item on the floor 
seemed to be portable mixers. I lost 
count of the offerings, but there were 
units in every possible input/output 
configuration. A new piece of equip- 
ment that was getting plenty of atten- 
tion was United Recording Electronic 
Industries Model 200 Automatic Re- 
sponse Plotting System. The result of 
an unusual collaboration between 
UREI and Hewlett-Packard, this com- 
bines a basic Hewlett-Packard X -Y 
plotter with a UREI audio analysis 
plug-in module. The first of a series of 
modules, the Model 200 has an auto- 
matic frequency sweep generator and 

Bert Whyte 

receiver, which can be used for such 
things as EQ and filter measurements, 
tape machine response, sine -wave 
loudspeaker and microphone re- 
sponse, room acoustics analysis, etc. 
An important feature of this unit is a 

rate -sensing device, which auto- 
matically slows the sweep rate when 
rapid amplitude changes are en- 
countered and resumes the normal 
sweep rate following these large ex- 
cursions. I can think of plenty of audio 
applications for this item, and al- 
though the price of the unit is $2250, it 
is claimed that this is less than half the 
usual cost of such an instrument. 

At the Bruel and Kjaer stand, they 
were demonstrating their always fasci- 
nating1/2-octave analyzing equipment, 
along with the new gating -technique 
equipment for analysis of transducers 
and new IM analyzers for making 
swept IM measurements to 200 kHz. 
Henning Moller and Carsten Thom- 
sen, both of B&K, presented papers of 
these devices and their applications, 
and it is claimed that the gating tech- 
nique will give more meaningful data 
on loudspeaker performance than the 
usual testing in anechoic rooms. 

The Tandberg people were showing 
their new 101/2 -in. reel machine with 
crossfield head and built-in Dolby -B 
noise reduction, for which a S/N ratio 
of some 73 dB is claimed. Point of 
pride was their new three -head mon- 
itoring cassette machine, which in- 
corporates such niceties as azimuth 
adjustment. This unit, which costs just 
under $1000, will be available in the 
spring of 1976. 

Ampex was showing a production 
version of their tape counter for the 
MM1100 tape machine, and it is such 
a useful accessory, I once again plead 

the case for such a unit for the 440C 
tape machines. 

The 5th floor of the Waldorf houses 
the active demonstration rooms and is 

more than ever beginning to re- 
semble a mini hi-fi show. Pioneer was 
on hand with their new dynamic 
range expander. Variable controls on 
the unit permit as much as 15 dB ex- 
pansion, depending on the source 
material. It must be used judiciously, 
for too heavy a hand and you can hear 
the system "working" or "breathing." 
At the point where the action is not 
perceptible, there is still 7 or 8 dB of 
usable expansion, and it is dishearten- 
ing to hear how much limiting and 
compression is used even with classi- 
cal recordings. Used with discretion, 
the system works quite well. Pioneer 
was also showing a prototype 10'/2 -in. 
open -reel tape recorder. The inter- 
esting feature on this machine is that 
it is expandable to four channel with a 

change of heads and the addition of 
an amplifier module. Another big plus 
is that finally on a consumer tape 
recorder the bias and equalization 
controls are easily accessible on the 
front panel. Pioneer's high -polymer 
film, which was such an interesting 
item at the last New York AES con- 
vention, is now used in the high fre- 
quency section of an imposingly large 
speaker system. Unfortunately I didn't 
really hear it long enough to venture 
an opinion on overall quality, but the 
top end did indeed sound very 
smooth. 

Down the hall, Teac/Tascam were 
showing some interesting items, such 
as a 16 -channel deck using one -inch 
tape, with built-in dbx noise reduc- 
tion as an option. There is a strong 
possibility that Teac will offer dbx in 
some of their audiophile tape ma - 
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We're #1 and the 
critics totally agree! 

HIRSCH-HOUCK LABS... Stereo Review 
"The Pickering XUV/4500-0 is obviously one 

of the best phono cartridges presently available. 
There are few stereo cartridges that can out- 

perform it in any of its individual characteristics, 
and we know of none that could be said to be a 

better stereo/CD-4 pick-up." 

cartridges for stereo, SO, QS and CD -4. The sonic 
clarity is exceptionally good ,with superb transient 

and applause response, and good definition, 
particularly in the low bass region." 

"To sum up, we can recommend the Pickering 

The 

cartridge without reservations, based 
upon our laboratory and listening tests" 

MAURICE HOLTHAM ... Canadian Stereo Guide 
"In fact the reproduction of all material ... stereo, 

CD -4 and matrix ... was absolutely superb. Good 
recordings were reproduced with outstanding 
fidelity and clarity, and tracking was secure 
at one gram with even the most heavily 
modulated bands. Solo instruments and 
voice were rendered with exciting 
realism; large orchestral and choral 
works came through in all 
their magnificence." 

Hi-Fi Stereo Buyers Guide "In both stereo and CD -4 
one of the most outstanding 
under any program conditions. 
Sound so clean and crisp 
it almost hurts." 
"This pickup is a perfect 
example of why measure- 
ments cannot truly express 
the sound quality from a 
transducer; though the 
measurements are good, the 
sound quality was rated by 
the entire listening panel 
as superb." 

The specifications of the XUV/4500-0 are 
so exciting that we hope you will write to 
Pickering and Company, Inc., Dept. A, 101 
Sunnyside Blvd., Plainview, New York 
11803 for further information. 

0 PICKERING 
"for those who cän Iheai1 the difference" 

Reprinted by permission of Audio, Canadian Stereo Guide, 
Hi-Fi Stereo Buyers Guide and Stereo Review Magazines. 

Check No. 33 on Reader Service Card 
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Incred 

ible. 
How else would you describe a 
preamplifier with: 

A Peak Unlimiter that restores 
dynamics lost in recording to 
closely approximate the original. 
A Downward Expander that reads 
"gain riding" and expands 
dynamics down to precisely the 
intended level. 
An AutoCorrelator that makes 
record/ tape hiss and FM broadcast 
noise virtually vanish without 
affecting musical content. 
Plus an Active Equalizer that gives 
you flat energy distribution over 
the full audio spectrum, Joystick 
Balance and Step Tone Controls 
that allow precise music tailoring 
to your listening environment and 
SQ* and Phase Linear differential 
logic for Quad Sound. 

The 4000 is an advanced stereo 
preamp that actually puts back in 
what recording studios take out ... 
lets your music (at last) reach life -like 
levels without distortion ... lets you 
(for the first time) hear your music 
from a silent background. It is, in a 
word, incredible. Ask your dealer 
for an audition. 
Warranty: 3 years, parts & labor. 

THE POWERFUL DIFFERENCE 

PHASE LINEAR CORPORATION 
P.O. Box 1335 Lynnwood, Wash. 98036 

*SQ is a trademark of CBS, Inc. 

Check No. 32 on Reader Service Card 

chines and perhaps even in a cassette 
recorder! dbx had their own room 
and were demonstrating their noise - 
reduction system in various con- 
figurations. What was startling there 
was to hear some very high level Karl 
Heinz Stockhausen percussion music 
suddenly assault your ears from a tape 
with an utterly silent background. 

In the Yamaha room, much atten- 
tion was centered on their big V-FET 
B-1 amplifier and their new pre -amp 
powering their monitor speakers with 
the interesting beryllium diaphragm 
mid -and high -frequency units. 

Sennheiser had one of the most 
unique items at the AES convention, a 

remote control system for micro- 
phones and headphones utilizing an 
infrared carrier system, in other 
words, wireless mikes and head- 
phones. Reportedly the system is in 
use in some TV sets in Europe. In this 
application, it is possible to view a TV 
set, with private listening via the in- 
frared system wireless headphones. 

You hear a lot of propaganda these 
days about the low status of quad- 
raphonic sound. Maybe so, but the 
people at the Columbia SQ, the San - 

sui QS, and the JVC CD -4 demonstra- 
tion rooms were putting on first-class 
shows, and the excellence of their 
quadraphonic sound was keeping the 
rooms well filled. I met former AES 

president John Eargle at the JVC 
room, and he showed me an inter- 
esting thing about the new JVC-1000 
professional demodulator! By adjust- 
ing the controls in a certain way, it was 
possible to hear the carrier channels, 
without the baseband channels. To 
prove that we were hearing only the 
carrier channels, John removed the 
pickup from the record and flicked 
the stylus ... and no sound was heard 
from the speakers! 

AES Banquet 
At the AES awards banquet there is 

always a guest speaker, and on this oc- 
casion it was none other than Avery 
Fisher. Mr. Fisher spoke entertain- 
ingly about his early days in the audio 
industry and touched on some of the 
highlights in his career. Then he went 
on to detail some of the aspects of his 
munificent gift to the New York Phil- 
harmonic Society which as you proba- 
bly know renamed Philharmonic Hall 
as Avery Fisher Hall in gratitude for his 
generosity. Then, most importantly, 
Mr. Fisher discussed the acoustic 
problems that have plagued Avery 
Fisher Hall. 

The hall was designed by the very 
well-known acoustical consultants, 
Bolt, Beranek and Newman. The hall 
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design was based on extensive studies 
of acoustic principles and theory. It 
was a reasoned scientific approach, 
with no loom for "cut and try" tech- 
niques or strictly intuitive thinking. All 
the resources in the armamentarium 
of acoustical science were applied to 
the project. Nonetheless, when the 
hall was built, the acoustics were dis- 
appointing. The sound of the New 
York Philharmonic Orchestra was 
thin, with poor projection and atten- 
uation of bass frequencies. An acous- 
tic "facelift" was undertaken some 
time later, but the improvements 
were marginal. The last time I was in 
Avery Fisher Hall, the Boston Sym- 
phony orchestra was performing the 
massive Mahler 5th Symphony. What I 

heard was a disaster. In the big tutti 
and forte passages, the string sections 
were sawing madly away, and I could 
barely hear them. The huge concert 
bass drum was being lustily whacked, 
but instead of a bang, all I got was a 

whimper. Instead of a great out- 
pouring of sound, what I heard 
soynded compressed and attenuated. 
The hall was like a sponge, and frankly 
I haven't been back to the hall since. 

Thanks to the generosity of Avery 
Fisher and his very strong feelings that 
New York should have a fine concert 
hall with really good acoustics, a new 
project has been undertaken to re- 
construct the hall and hopefully 
achieve this goal. It was obvious that 
some drastic measures were going to 
be necessary to change the acoustics 
of the hall, but I wasn't quite prepared 
for Mr. Fisher's announcement that 
beginning in May -1976, the entire in- 
terior of the hall would be removed, 
leaving only the steel and concrete 
shell of the building! As Mr. Fisher re- 
marked, "we're going to start from 
scratch." He then told us some of the 
details of the new hall, the fact that it 
was expected to reopen in October 
1976, and that the architect/ 
acoustician on the project was Cyril 
Harris, designer of the new Orches- 
tra Hall for the Minnesota Orchestra. 
Therein lies the tale I will relate to you 
next month. 

But before I close this month's edi- 
tion, let me extend a warm and heart- 
felt round of public applause to John 
Woram, Iry Diehl, and all those others 
who helped make their production of 
The Magnificent Men and Their Mu- 
sic Machines the entertainment event 
of this year's Convention. This retro- 
spective view of electronic music syn- 
thesis and applications featured, 
along with Robert Moog and Michael 
Colchimaro, Suzanne Ciani on her 
Buchla system. Well done, all! 49, 
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Avid makes the differences 
in speakers clear. 

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

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

But we don't stop there. 
Because we know that great sound 
depends on more than just 
frequency response. 

Transient respcnse, for 
instance. 

It's all in your head 
To understand transient 

response, it's important to under- 
stand how you hear. 

You see, you dcn't really hear 
with your ears. You hear with your 
brain. 

For instance, it's the brain 
that helps you identify what you're 
listening to. The direction it's com- 
ing from. And that re-creates that 
illusion of "being there." 

The thing is, every musical 
note is really a complex tone. A 
basic tone- the fundamental- plus 
subtle musical overtones-har- 
monics-that give every instrument 
a unique 
personality. 

Nct only than, musical notes 
are constantly starting and stop- 
ping. When they do, the number 
and intensity of the harmonics 
change. 

This basic tone, together with The proof is in the 
all those changing harmonics, is 
called a transient. The brain takes hearing 
all of them into account in interpret- 
ing any sound the ear receives. Now you know there's a lot 

On making things 
imperfectly clear 

It's when a 
speaker can't react 
quickly or accurately 
enough to all those 
changing musical 
notes, all those 
transients, that distor- 
tion can occur. 

And distortion 
means muddy -sound- 
ing music. With little 
definition or clarity. 

A bad situation 
made worse when a 
speaker over -reacts 
to all those changing 
tones. The speaker 
actually adds tones of 
its own. And that's 
bad. Pattern C 

Most experts feel the best way 
to measure transient response is 

with tone bursts. Pure tones 
of various frequencies are 

rapidly switched on and 
off to simulate the tran- s sent nature of voice and 
instrument signals. 

In Pattern A, the 
speaker hasn't repro- 
duced accurately. It's 
completely overshot 
the level of the input 

signal. And the result 
is a sizzling, hot sound.. 
Totally colored. 

In Pattern B, the 
speaker has taken too 
long to react. This 
"hangover" can cause 
considerable blurring. 
So what you hear is 
dull and lifeless. 

Now look at Pat- 
tern C. The speaker here has 
reacted both quickly and accu- 
rately. And the result is excep- 
tional clarity and definition. The 
kind that Avid builds into all 
of its speakers. 
Check No. 6 o, Reader Service Card 

more to a speaker than just flat 
frequency response. Like good 
transient response. 

But even the best, most accu- 
rate transient 
response in the world 
isn't the be-all and 
end-all of a superb 
speaker. There's 
more. 

The point is, 
we're a company 
that is committed to 
one thing and one 
thing only. The 
design and construc- 
tion of the clearest, 
best -sounding stereo 
speaker systems in 
their price range. 

But you've got to 
hear for yourself. So 
go to your hi-fi store 
and listen to an Avid. 

Then some other speaker in the 
same price category. 

Then decide. We don't think 
you're going to have any trouble 
at -all. 

Input Signal 

Pattern A 

n 
1" 
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Pattern S 

CORPORATION 
10 Tripps Lane, East P,ovidence, R.I.02914 
Distributed in Canada by: 
Ka iron Electronics. Montreal, Quebec. 



Dear Editor: 
J 

Another Sage Down Under 
Dear Sir: 

It was indeed a pleasure to read Ray 
Newman's discussion of the mon- 
umental work of A. N. Thiele in the 
August issue of Audio. I have no com- 
plaint with the technical content of 
this article, but I think it might be well 
to put the article into a better per- 
spective with a few historical notes 
and additüonal references. 

Primarily, I feel that Ray has under- 
stated the role of Dr. Richard H. Small 
of the Univ. of Sydney in building on 
the foundation laid by Thiele. In early 
1971, Dick Small sent me a copy of 
Thiele's paper and, after the first read- 
ing, I called the editorial office of the 
Journal of the Audio Engineering 
Society to arrange for reprinting. 
Thus, credit for making this work 
known outside of Australia really be- 
longs to Diick. 

From a theoretical standpoint, the 
credit for the understanding of the 
box -volume, efficiency, and low -fre- 
quency cut-off exchange must also go 
to Dick Small (20, 21, 22), and the 
quantitative relationships for cone ex- 
cursion (really, displacement volume) 
were deveIoped by Small. The foun- 
dations were in Thiele's work, but the 
extension was done by Small. 

Finally, it might be well to mention 
Small's work on closed -box (sealed, 
acoustic suspension, etc.) systems (21). 
Throughout his article, Ray preaches 
my sermon that vented boxes can be 3 

dB better than sealed boxes, but 
Thiele said nothing about sealed 
boxes. Don't forget, most acoustic 
suspension systems are near or re- 
mote copies of Villchur's AR -1 of 1955 

(23). Until Small's 1973 work, there 
was no complete design theory for 

Addendum 
Audio Oscillator 
October, 1975 

The values for resistors R4A and R4B 

were inadvertantly dropped from 
Table 2, the parts list, though they 
might have been calculated from the 
Wein bridge formula. The proper val- 
ues are 143 kOhms. 

closed boxes to compare with Thiele's 
1961 theory for vented boxes. (Here in 

this country, the marketplace was the 
opposite -closed boxes have long 
been closer to optimum than com- 
mercially available vented boxes. The 
Klipsch Cornwall, designed in 1959, is 

the exception to prove the rule.) It 
was only when Small put closed and 
vented boxes on the same level of 
theoretical design excellence that the 
3 -dB advantage for vented boxes be- 
came "obvious to the most casual ob- 
server." 

J. Robert Ashley 
Prof. of Engineering 

Univ. of Colorado 
Colorado Springs, Colo. 
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Editor's Note: Mr. Newman's article 
was submitted in Sept., 1972, having 
been written the previous summer. As 

nearly all of the above referenced ar- 
ticles were thus not available to him, 
he should receive credit for in- 
dependently working out the theory. 

Save O -R Prerecorded Tapes 
Dear Sir: 

As you may have read in our litera- 
ture and various newspaper articles, 
Ampex has decided to leave the pre- 
recorded tape business which may 
prove to be the death knell of the pre- 
recorded open -reel format. Those of 
us who have been with Ampex's di- 
rect -mail programs since 1970 are try- 
ing to keep that from happening. But 
we need your help!!! 

Your support of our most recent ef- 
forts has caused the General Manager 
to take a second look at reel-to-reel, 
and I believe we can change his mind 
but there are two things we must 
prove. First, we must show him that 
the market exists. Industry figures 
show that the reel market is minute, 
but past experience has shown me 
that your loyalty more than makes up 
for small numbers. Second, we must 
show him that this market can be de- 
veloped and serviced profitably. I'm 
certain we can do both! 

We have taken a long, hard look at 
our manufacturing costs and the 
methods of operating The Tape 
Society. I think we have come up with 
some significant cost -saving ideas 
which, if implemented, could change 
the management's position. 

Please take a few minutes to write 
to me, even if you've never purchased 
tapes from The Tape Society; I'm still 
interested in your opinions on open 
reel. There are two major things I 

need to know about your tape library: 
first, is the bulk of it prerecorded or is 

it home made? Second, if it was home 
made, was it that way by necessity, i.e. 
because you could not find a source 
of the prerecorded tapes you wanted? 

I'm a reel-to-reel freak myself, and I 

don't want to see it go the way of the 
78. Become a vocal minority! Let your 
opinions be heard! If you don't speak 
out now, you'll leave no one to blame 
but yourself if this campaign fails!L 

Russell Fields 
Manager 

Direct Marketing/Advertising 
Ampex Corp. 

2201 Lunt Ave. 
Elk Grove Village, III. 60007 
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Performers 
State-of-the-art belt -drive turntables 
at today's state -of -the -wallet prices. 

For years most expensive manual record - 
playing devices have used belt -drive as a 
smooth, trouble-free-and most important- 
silent method for transmission of power. 
Now, our engineers have succeeded in inte- 
grating a highly -refined belt -drive system 
into more affordably -priced turntables. 
They offer a combination of feature and 
per_ormance not yet available in even more 
expensive competitive models. We call 
them the Silent Performers. 

Four models are available. The 200 LAX is 
the deluxe automatic belt -drive turntable. 
Full automatic capability is achieved with 
a gentle yet sophisticated 3 -point um- 
brella spindle. It has a heavy die cast 
platter, high -torque multi -pole syn- 
chronous motor, tubular "S" shaped 
adustable counterweighted tone 

arm in gimbal mount, viscous cueing. quiet 
Delrin cam gear, automatic arm lock, dual - 
range anti -skate, stylus wear indicator and 
much more. Included are base, hinged tint- 
ed dustcover, and ADC VLM MKII cartridge. 
The 20 BPX is an automated single -play belt - 
drive turntable. It has the "S" shaped tone 
arm and features of the deluxe automatic 
model with a precision machined patter 
and ADC K6E cartridge. It comes complete 
with base and dustcover. Model 20 BP is 
identical but without cartridge. 
Model 100 BAX ( not shown) automatic belt - 
drive turntable has a low mass aluminum 

tone arm with square cross section 
Rand a precision machined platter. 

It is packaged with base, hinged 
tinted dustcover, and ADO K6E 
cartridge. Check No. 9 on Reader Ser4ze Card 

'i`onsun er Products Group 
BSR ,UJSA) Ltd.. B!ouvett, ?PLY. 10913 

BSR 200 BAX-Deluxe automatic belt -drive turntable BSR 20 BPX-Automated single -play belt -drive turntable 



Build 

A Low TIM 
Amplifier 

W. Marshall Leach* 

SOME OF THE causes and cures 
of transient intermodulation 
(TIM) distortion have been 

discussed in a previous article [1]. 
There, TIM distortion was defined as a 

transient overload phenomenon 
which results from the use of a very 
large negative feedback ratio with at- 
tendant heavy lag compensation. It 
was stated that TIM distortion can be 
eliminated by designing power ampli- 
fiers with a lower overall open -loop 

gain, by designing each internal stage 
for maximum bandwidth and linear- 
ity, and by using lead compensation 
rather than lag compensation to in- 
sure stability. Stated in more practical 
terms, the amplifier should have an 
open -loop gain that is greater than 
the closed -loop gain by no more than 
about 25 dB, and the open -loop band- 
width should be at least 20,000 Hz, 
preferably greater. As a final step, the 
amplifier should have a low-pass filter 

Fig. 1-Photograph of the author's chassis layout. The case on the power 
transformer has been changed so that it could be mounted vertically without 
the use of L -brackets. 

at its input to prevent inaudible ultra- 
sonic or r.f. signals from accidentally 
overloading the input stages. 

Since the use of less overall nega- 
tive feedback can result in an in- 
creased distortion, it is important that 
the circuit be a fully complementary - 
symmetry design. In addition, each in- 
ternal voltage gain stage should utilize 
local negative current feedback for 
maximum linearity. In this way, the 
open -loop distortion will be suf- 
ficiently low so that 25 dB of overall 
negative feedback will result in an ac- 
ceptably low distortion level in the 
closed -loop amplifier. 

Although there exist no present 
standards for the measurement of 
TIM distortion (in a private communi- 
cation, Prof. Matti Otala of the Uni- 
versity of Oulu in Finland has told the 
author that he is presently construct- 
ing a TIM measuring instrument), the 
susceptability of an amplifier to it can 
be determined in some cases with an 
oscilloscope and a fast rise time 
square -wave generator. With a 

square -wave input signal, the signal at 
the output of each internal stage in 
the amplifier should ideally be a 

square wave with little or no over- 
shoot or ringing. Unfortunately, how- 
ever, in the majority of amplifiers, the 
internal stage which is most suscep- 
table to TIM distortion is almost al- 
ways a current gain stage rather than a 

voltage gain stage. Since an os - 

Assistant Professor, School of Electrical 
Engineering, Georgia Institute of Technology, 
Atlanta, Georgia 30332 

30 AUDIO FEBRUARY, 1976 



cilloscope is a voltage measuring in- 
strument, it is almost impossible to 
observe internal transient overshoot 
problems in such amplifiers without 
their modification or the use of ex- 
pensive current probes. 

In this article, a practical design ex- 
ample is presented which is based al- 
most entirely on the design philoso- 
phy presented in the previous article. 
Since each internal stage in this ampli- 
fier utilizes local negative current 
feedback, the impedance levels in the 
amplifier are sufficiently high and the 
feedback ratio is sufficiently low so 
that the transient response of each in- 
ternal stage can be measured easily 
with an oscilloscope. The circuit has 
been carefully designed so that tran- 
sient inter -loop signal overload can- 
not occur, even with ultra -fast rise - 
time square -wave signals applied to 
the amplifier input. Since no internal 
stage is subject to transient overload 
problems, the amplifier is theoretical- 
ly free of TIM distortion, and the re- 
sults can be startlingly audible, espe- 
cially with full -range electrostatic 
speakers. 

When used within its power limita- 
tions, the amplifier can be used with 
the finest associated equipment. In 
several subjective listening tests, it has 

audibly equaled or surpassed any am- 
plifier to which it has been compared. 
The audible differences are greatest 
during music which contains loud 
high -frequency material and per- 
cussive sounds. These differences are 
attributed to the controlled inter -loop 
transient response of the amplifier 
and the lack of TIM distortion in the 
reproduced music. These are princi- 
pally a direct result of the fact that the 
open -loop frequency bandwidth is 

38,000 Hz or approximately twice that 
of the audible spectrum. 

The amplifier is a fully com- 
plementary -symmetry, direct - 
coupled design. It has a closed -loop 
frequency response which extends 
from approximately 0.5 Hz to 150,000 
Hz. The response outside these limits 
has been intentionally rolled off. Oth- 
erwise, the small -signal frequency re- 
sponse would extend from d.c. to 
over 800,000 Hz. With the specified 

power supply, the power output is 70 
watts per channel, both channels 
driven simultaneously, or 84 watts 
from either channel driven alone. 
Both the IM distortion (SMPTE Stan- 
dard) and the THD are less than 0.2% 
at 70 watts or less, where the THD is 

measured at any frequency between 
20 Hz and 20,000 Hz. At lower power 
levels, the distortion is much lower, 
typically 0.04% or less. However, no 
ultra -low distortion levels are claimed 
since an unrealistically low THD speci- 
fication can indicate the presence of 
TIM distortion in an amplifier 
[2]. With the feedback loop dis- 
connected, the amplifier will produce 
50 watts into an 8 -ohm load with a 

THD of only 0.5% at 1000 Hz. This low 
distortion is indicative of the inherent 
linearity of the open -loop amplifier. 
Thus, the addition of negative feed- 
back has not been used to "clean up" 
problems of the basic design, but to 
improve it. As the power level is de- 
creased, both the IM distortion and 
THD decrease monotonically. This in- 
dicates the absence of crossover dis- 
tortion. 
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Fig. 2-Complete circuit diagram of one channel. 
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The damping factor is approximate- 
ly 250 from 20 Hz to 20,000 Hz. Al- 
though this is only moderately high, it 
does not change appreciably with fre- 
quency in the audio band. In contrast, 
an amplifier with an inadequate 
open -loop bandwidth will exhibit a 

damping factor which can change ap- 
preciably with frequency, often by a 

factor as high as 100 or more. A damp- 
ing factor which is relatively in- 
sensitive to frequency indicates that 
the output impedance of the ampli- 
fier is essentially constant and does 
not vary with frequency. Whether this 
can be audible is not known, how- 
ever, it is felt that a frequency -sensi- 
tive output impedance can lead to 
transient problems with certain reac- 
tive loads, particularly full -range elec- 
trostatic speakers. 

Description of the Circuit 

The overall circuit diagram of a 

single channel of the amplifier is 

Fig. 3(a)-Circuit side of 
printed circuit board foil 
patterns for one channel. 

shown in Fig. 2. With few exceptions, 
the basic configuration is rather con- 
ventional. However, each component 
has been selected specifically to pre- 
vent inter -loop transient problems 
from occurring. In addition, the cir- 
cuit has been designed for a con- 
trolled open -loop gain and band- 
width that are essentially insensitive to 
frequency variations of the speaker 
load impedance. The amplifier as 

presented in Fig. 2 has no protection 
devices, such as current limiters or VI 
limiters, as it is felt that these devices 
represent a compromise in the ulti- 
mate sound quality which can be 
achieved. However, the circuit board 
has been designed to accomodate a 

VI limiter which will be described in a 

later article. For home use, this is not 
recommended unless the amplifier 
might be subjected to abuse. 

The basic amplifier consists of two 
stages of voltage gain, three stages of 
current gain, a temperature -sensing 
bias regulator, and a feedback net- 

work. With the exception of the out- 
put transistors, all transistors have 
been selected from the manufacturer 
recommended lists published in the 
current Motorola Semiconductor 
Master Selector Guide. Thus, they 
should be easily obtained by those 
who wish to construct the amplifier 
from scratch. The output transistors 
are relatively new units which are 
manufactured by Texas Instruments. 
They are rated at 200 watts and 30 am- 
peres, and they have the necessary 
minimum breakdown voltage 
(BVCEO) of 100 volts. 

The input stage is a conventional 
double -ended differential amplifier 
which has a gain of about 10 to 12. 

The complementary transistors Q1 
through Q4 in this stage are specifical- 
ly recommended by Motorola for 
low-level, low -noise audio frequency 
applications. The bias current in these 
transistors is set at 0.6 mA by the Ze- 
ner diodes D1 and D2 and the emitter 
bias resistors R14 and R15. Resistors R8 
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through R11 provide local negative 
current feedback to linearize the gain 
characteristics and improve the band- 
width of the input stage. In addition, 
these resistors, in conjunction with 
the collector load resistors R12 and 
R13, set the gain of the input stage. 

The input signal is coupled to the 
differential amplifiers through a low- 
pass filter which has a nominal 3 -dB 
cutoff frequency of about 150 kHz. 
When used with a preamplifier with a 

10-kOhm output impedance, the cut- 
off frequency of this filter will drop to 
about 50 kHz. 

The differential amplifiers have two 
outputs which are electrically in phase 
but have a d.c. voltage of about 45 

volts between them. These two out- 
puts are connected to the second 
stage of voltage gain consisting of 
transistors Q6 and Q7. These transis- 
tors are biased at about 4.3 mA, and 
they provide a push-pull voltage gain 
of about 45. The gain of this stage is 

set by the two emitter resistors R18 

Fig. 3(b)-Ground plane side 
of printed circuit board foil 
patterns for one channel. 
This layout contains the VI 
limiter circuit which will be 
described later. 

and R19 and the two collector load re- 
sistors R20 and R21. In addition, resis- 
tors R18 and R19 provide heavy local 
negative current feedback for linear- 
ity and wide bandwith. 

The second voltage gain stage has 

two outputs which are electrically in 
phase but are separated by a d.c. volt- 
age of about 3.45 volts. This d.c. volt- 
age is regulated by transistor Q5 
which is connected as a constant volt- 
age regulator. The purpose of Q5 is to 
provide a constant quiescent bias cur- 
rent in the output transistors so that 
they operate in a true class -AB mode. 
Since the quiescent base -to -emitter 
junction voltage in the output transis- 
tors decreases with temperature, it is 

necessary for a voltage across Q5 to 
decrease by the same amount if the 
bias current in the output transistors is 

to remain constant as they warm up 
under load. The three diodes in the 
base bias network for Q5 provide the 
necessary thermal feedback. They are 
mounted on the heat sinks with the 
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output transistors so that they will 
both be in thermal equilibrium. The 
nominal voltage across Q5 is given by 
the equation 

\ 
V=0.611+R251+1.8 (1) 

This voltage will drop by about 6 mV 
per degree Celsius as the output tran- 
sistors warm up under load. This pro- 
vides essentially perfect thermal regu- 
lation of the bias current in the output 
transistors and prevents thermal run- 
away. From an audible point of view, 
the bias current is not over- 
compensated for absolute protection 
from thermal runaway, for this can 
lead to the production of crossover 
distortion in the output stage as the 
amplifier warms up under load. 

Transistors Q8 through Q11 are 
connected as a complementary Dar- 
lington driver stage. Although Dar- 
lington transistors are available, they 
cannot match the bandwidth and 
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thermal stability of the discrete tran- 
sistors used in the Darlington con- 
figuration. All four of the driver tran- 
sistors are forced to operate in a true 
class -A mode since their emitter out- 
puts are not connected directly to the 
speaker output. Since the driver tran- 
sistors never cut off under load, the 
driving point impedances seen by the 
bases of the output transistors remains 
constant as the output transistors turn 
off and on lin the class -AB mode. Thus, 
the driving point impedance remains 
very low during each half cycle of the 
output voltage swing. This low imped- 
ance aids in draining out the charge 
stored in the base region of the out- 
put transistors when they turn off, 
thus speeding up their turn-off time 
and improving the open -loop band- 
width of the amplifier. 

TO PHONO JACK 
CENT E2 TERMINAL 
TO PHONO JACK 
GROUND TERMINAL 

The class -A driver stage is similar to 
one described by Locanthi [3] in 
what the author considers one of the 
true classic transistor amplifier de- 
signs. This is the JBL "T circuit" which 
was introduced in 1966. To the au- 
thor's knowledge, this amplifier is no 
longer being manufactured. A sim- 
plified two -transistor version of the "T 
circuit" driver is used in certain ampli- 
fiers currently marked by SAE and the 
Great American Sound Co. 

The complementary output transis- 
tors are connected in the emitter fol- 
lower or common collector con- 
figuration for maximum bandwidth. 
They operate in a class -AB mode for 
minimum distortion and minimum 
power dissipation. In the class -AB 
mode, both transistors are conducting 
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Fig. 4-Circuit board parts lay- 
out for one channel. View is 

from component side of board. 
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current during no or very small signal 
inputs. However, as the input signal 
level increases, one transistor will pro- 
gressively conduct more and the oth- 
er progressively less during any half - 
cycle of the signal until the latter tran- 
sistor turns off. Thermal stability has 
traditionally been a problem associ- 
ated with class -AB output stages. 
However, this problem is completely 
eliminated in this circuit by the ther- 
mally compensated bias regulator. 
The regulator will maintain a constant 
bias current in the output transistors 
as the heat sinks warm up from no 
load to their maximum temperature. 
This occurs at approximately 40% of 
the maximum output power. The 
0.22 -ohm resistors in series with the 
emitters of the output transistors 
serve two purposes. First, they pro - 

LI 
R31 

a- - 50 VOLTS O- 013 
IQ- -i 013 

O -/-*\-io. 013 

COLLECTOR 

BASE 

EMITTER 

TO SPEAKER 
FUSE HOLDER 

012 EMITTER 

Q12 BASE 

0--1110. 012 COLLECTOR 

a --i +50 VOLTS 

36 
N2 - D3, 04, AND D5 CONNECTIONS 

AUDIO FEBRUARY, 1976 



The Image of Performance 
The lew _afavztte LR -2200 has the look cif =arfornance 

many rsceivs-s t. to achieve. But real pero-iiance comes 
from wit n. -hat';Jvhere the LR -2200 stardso t 

Thi3 serious reiver performs to the higheststsndares witr 
adrarc9d cirai -v a most select ve AM/FM stir=oEM receiver 
ful rrusio coitroK including two tuning mete -s; dua tape 
monitoring iacKsa-d derived fou- channel ma.ric he sensitive 
perfooma-ice of th_ LR -2200 cones across powerfully ti rougi- 
27watts per oha nel, minimum RMS. Both store_ itannels are 
driver at 8 cfyrrs born 20-20,003 Hz, with ne rime_ thar 0.5°/c 
Uotal rarmon c cebrtion. 

The _efays:te audio designers performed in :ee crea_ion or 
the LR -220C. Layette put the most features; :-e cleanes 
spsciicaions the most power br any receive- .ayete has 
evar chimed -cr fris price. 299.95 

Because Lofa j te performed in the creatioi oit -is receiver i: 
wil pero-rn b won. For years. 

See it, hes- - at a Lafayette store. It gives :Ave a perfor- 
mancs. - 

_i e -o see mare of the perforners? Visitary _t -'e Lafayette 
stores coast ta pst. Or write fo- our free catalc=3. 

Eleotronicaiy Speaking. 
V.ho Knows Better Than 

Lafayette 
Qdio ElectronicsShopping .-2.6 In e e 

111 Jerichc Turnpike Syosset, L I., N.Y. 1' 7£ 1 
c Lafayette 3alio Electronics Corporation 1976 

Check No. 25 on Reader Service Card 



vide local negative current feedback 
for linearity. Second, they protect the 
output transistors from an accidential 
short circuit across the speaker output 
terminals. For short circuit protection, 
these resistors must be fused resistors 
such as those manufactured by Work- 
man. 

The feedback network consists of 
resistors R33, R34, and R35, and ca- 

D5 
z r helj 
Ii " 

D3 

TO BASE OF 
TRANSISTOR Q5 

pacitors C10 and C11. For all audible 
frequencies, C11 is a short circuit and 
C10 is an open circuit. Thus, the am- 
plifier gain is given by 

G=1+R34 
(2) 

or 26 dB. Below 1 Hz, C11 becomes an 
open circuit. This reduces the d.c. 
gain of the amplifier to unity to insure 
d.c. stability. Between 150 kHz and 800 

WRAP JOINTS (4) WITH SINGLE 
STRAND FROM NO. 20 STRANDED WIRE, 
SOLDER, AND INSULATE WITH HEAT 
SHRINK TUBING 

TO RESISTOR R24 

Fig. 5-Diagram showing proper mounting of the temperature compensating 
bias diodes on the main heat sinks. 
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Fig. 6-Diagram showing proper mounting for transistors Q12 and Q13 on the 
main heat sinks. 

kHz, C10 becomes a short circuit, thus 
increasing the high -frequency feed- 
back ratio. This lead compensates the 
amplifier by increasing the high -fre- 
quency loop gain. By performing the 
lead compensation in the feedback 
network, optimum inter -loop tran- 
sient response is obtained and, simul- 
taneously, the closed -loop frequency 
response is rolled off. 

Construction 
Althrough straightforward, con- 

struction of the amplifier requires 
care if it is to be done properly. The 
construction details are broken into 
two parts. In this section, the circuit 
board/heat sink assembly is dis- 
cussed; in the following section, the 
chassis construction details are 
presented. Before construction is 

begun, all parts should be assembled 
so that the layout can be modified to 
accommodate any parts which may 
have different dimensions from those 
used by the author. The printed cir- 
cuit board is a double -clad board, one 
side of which is used as a ground 
plane for the circuit. Ground -plane 
construction is standard practice in r.f. 
amplifiers, and it is highly recom- 
mended for this amplifier. The front 
and back printed circuit board layouts 
are shown in Fig. 3. The parts locations 
on the boards are shown in Fig. 4. 

Care must be taken when laying out 
the board to insure that the layouts on 
both sides align. This is relatively 
simple since the only areas which 
must be etched on the ground plane 
side are circular pads through which 
the component mounting holes are 
drilled. First, prepare a negative for 
the circuit side of the board using 
standard PC layout techniques. Sec- 
ond, tape a clear sheet of mylar over 
the component side of this negative. 
Then place 0.125 -inch adhesive cir- 
cular PC layout pads on the mylar, 
carefully aligning one over each of 
the solder pad locations on the nega- 
tive. There are 12 solder pad locations 
on each board which should not be 
covered with the circular pads. Six are 
used for connections from the circuit 
side of the board to the ground -plane 
side. The others locate the mounting 
screws for transistors Q10 and Q11 
and the four mounting screws for at- 
taching the PC board to the heat sink. 
After the mylar sheet is prepared, it 
can be used "as is" for exposure of 
the ground plane side of the board. 
However, it is preferable to make a 

photographic positive (i.e. double 
negative) of the layout to expose the 
board with. 

To expose the board, first tape the 
two negatives together along two op - 
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posite edges after the two-sided lay- 
out has been carefully aligned. Be 
sure that the circuit side of each lay- 
out is on the outside. Otherwise, a 

mirror image circuit will result. Under 
dim yellow light, insert a double -clad, 
photosensitized blank board between 
the negatives. Next tape the negatives 
to the board along two opposite 
edges on both sides of the board. The 
negatives should now be properly 
aligned on the board, and it can be 
exposed one side at a time under ul- 
traviolet light. If the board is develop- 
ed in a flat pan, care should be taken 
not to scratch the fragile photoresist 
on the bottom surface of the board. 
The best rule to follow is not to rock 
the developing tray enough to cause 
the board to slide, otherwise the 
photo -resist will be scratched. A spray 
developer or vertical developing tank 
will eliminate these problems. After 
the board has been developed, it can 

be etched and cut to size along the 
crossed lines which locate its four cor- 
ners. All component mounting holes 
should next be drilled to the proper 
diameter. Too large a drill bit will lift 
the copper solder pads from the 
board, so care should be exercised. 
The four mounting screw holes for 
the board and the two mounting 
screw holes for transistors Q10 and 
Q11 should be drilled for a 4-40 screw. 

The next step is to solder the six 
ground connections on each board. 
To do this, bend a 5/8 -inch length of 
No. 20 solid wire into a 1/8 by 1/2 - 
inch L -shape. Insert the wire through 
a ground hole with the 1/8 -inch side 
against the ground plane. Solder the 
wire to the ground plane with a 100 - 
watt soldering gun. To prevent the 
solder from running, do not touch the 
ground plane with the gun tip, but 
hold it against the wire and parallel to 
the ground plane. While applying 

Fig. 7-Photograph of the underside of the chassis. 

F6 

POWER 
PLUG 

CHASSIS 
GROUND 

RECT 1 

Fig. 8-Circuit diagram of the power supply. 

40 

F2 

F5 

+ 50 V (CHANNEL A) 

+ 50 V (CHANNEL B) 

- 50 V (CHANNEL A) 

- 50 V (CHANNEL B) 

heat, feed solder to the tip until it fills 
the gap between the tip and ground 
plane, then lift the gun from the 
board. The resulting solder joint 
should then be in the form of a cir- 
cular pad which firmly bonds the wire 
to the ground plane. The ground 
wires on the reverse side of the board 
can now be soldered and clipped. 

After the ground wires are sol- 
dered, the boards should be thor- 
oughly cleaned and the ground -plane 
side sprayed with a good brand of 
clear laquer to prevent corrosion. Be- 
fore spray painting the boards, cover 
the four screw mounting holes which 
are used to attach the boards to the 
heat sinks with 3/8 -inch circular ad- 
hesive pads to prevent the paint from 
insulating the areas where the mount- 
ing screw heads make electrical 
contact to the ground plane. After the 
paint is dry, the circuit side of the 
boards can be plated to prevent cor- 
rosion if desired. If a water-soluble 
tin-plate solution is used, the temper- 
ature of the solution should not be so 
high as to cause the painted ground - 
plane surface to peel. 

The next step is to mount and sol- 
der all components to the boards us- 
ing Fig. 4 as a reference. Care should 
be taken to insure that all transistors, 
diodes, and electrolytic capacitors are 
mounted exactly as shown in the fig- 
ure and that no component leads 
come in contact with the ground 
plane. It is necessary to use mica 
washers and heat sink compound be- 
tween transistors Q10 and Q11 and 
their heat sinks. These transistors 
should be secured to the board with 
4-40 by 1/2 -inch screws, lockwashers, 
and nuts. The screws should be tight- 
ened only enough to engage the lock - 
washers, otherwise the transistors may 
be damaged. The parallel com- 
bination of R31 and L1 is formed by 
tightly winding a length of insulated 
No. 20 solid copper wire around a 2.7 - 

ohm, 2 -watt resistor and soldering it 
to the resistor leads. All components 
should be mounted flush with the 
board except transistors Q1 through 
Q9, R29, and R30. These should be 
mounted 1/4 inch above the board. A 
TO -5 heat sink should be installed on 
each of transistors Q6 through Q9. 

The next step is to prepare the tem- 
perature compensating diode assem- 
blies. These must be mounted in holes 
drilled in the heat sinks between the 
power transistors as shown in Fig. 5. 

The holes should be just large enough 
for the diodes to fit as snugly as pos- 
sible. The diodes can be any general 
purpose silicon rectifier diodes with 
an epoxy (not glass or metal) case. Be - 
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OUR 
FLAT RESPONSE 
TO HIGH PRICES. 

THE SUPER 7n0L . 
ONLY $99.95: 

Our AS210A speaker gives 
a power frequency response 
that's flat (±3db) all the way 
from 33Hz to 15,000 Hz. 

Your ears will also be grate- 
ful for what it doesn't give you. 

There's no bass boom acting as 
a poor substitute for good low -end response. 

There are no high -frequency peaks providing 
phony brilliance at the treble end. 

In sum: no exaggeration of highs or lows. 
How did we do it? 
By making significant improvements in a two- 

way ten-inch-one of the most thoroughly re- 
searched speakers. 

You get a deluxe 10" woofer with a powerful 

1 -lb., 9 -oz. ceramic 
magnet. A 1/ " voice 
coil epoxy -bonded to 

the speaker cone for out- 
standing power handling. 
A 11 " Mylar dome 
mid/tweeter with a hefty 
Alnico Y magnet. Sealed 

air -suspension, of course. And much more. 
What you hear is an extremely accurate copy 

of the original audio input. 
At $99.95, we think you'll find that our 

SUPERL 7[19_) is one of the best values on the 
market today. 

For details, see your Sylvania dealer. Or write 
to: GTE Sylvania, 700 Ellicott St., Batavia, 
N. V 14020. *Manufacturer's suggested retail price. 

Giä SYLVANIA 
Check Na. 45 on Reader Service Card 



fore soldering the diode bias assem- 
blies together, install the diodes in the 
holes in the heat sinks, as shown in 
Fig. 5, and wrap a single strand of wire 
from No. 20 stranded wire around the 
leads to hold them together. The 
diode bias assembly can now be sol- 
dered together in place. It is very im- 
portant to insulate all solder junctions 
with heat shrink tubing to prevent 
them from coming in contact with the 
grounded heat sinks. The leads from 
the diodes to the circuit board should 
be 6 inches long, and they should be 
twisted tightly together before they 
are soldered to the board from its cir- 
cuit side. These leads should be No. 22 
stranded wire, and they should be 
color coded to indicate the cathode 
and anode sides of the diode assem- 
bly. 

Each power transistor should be in- 
stalled on the heat sinks using a TO -3 
insulating heat sink washer, a TO -3 
transistor socket, and two firmly tight- 
ened 4-40 by 3/4 -inch screws with 
lock washers and nuts. If mica insula- 
ting washers are used, both sides 
should be liberally coated with heat 
sink compound. The newer and more 
efficient silicon rubber washers do 
not require a heat sink compound, 
and they are recommended. If the 
transistor sockets are not of the mold- 
ed type, it is very important to insulate 
the 4-40 screws from the heat sinks 
with extruded Teflon washers. Re- 
member that the case of the output 
transistors and their mounting screws 
are at the full power supply voltage. 
Therefore, extreme care should be 
taken to insulate them properly from 
the heat sinks. The proper mounting 
of the output transistors is illustrated 
in Fig. 6. After the sockets are in- 
stalled, solder a 6 -inch length of No. 
20 stranded wire to each of the three 
terminals on each socket. These can 
now be soldered to the correct points 
on the circuit side of the board. Be- 
fore mounting the circuit boards to 

C 
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Fig. 9-Transistor lead connections. 

the heat sinks, solder a 16 -inch length 
of No. 20 stranded wire to the speaker 
output lead and an 8 -inch length of 
No. 20 stranded wire to the +50 volt 
power supply input and the -50 volt 
power supply input on each circuit 
board. These wires should all connect 
from the circuit side of the board, as 

do the leads from the diode bias as- 
semblies and output transistors. 

The circuit boards can now be 
mounted to the flanged edges of the 
heat sinks with four 4-40 by 3/4 -inch 
screws, four nuts, and eight lock 
washers (one under each screw head 
and one under each nut). A 1/2 -inch 
insulating sleeve must be placed on 
each mounting screw between the 
circuit board and the heat sink to pro- 
vide the necessary clearance between 
the two. The mounting screws should 
be tightened sufficiently to firmly en- 
gage the lock washers, for it is 

through them that the ground con- 
nection for the circuit boards is made. 

The Chassis 
Figure 1 shows the amplifier con- 

structed on a 7 x 11 x 2 -inch chassis. 
The top of the chassis contains the 
two circuit board heat sink assem- 
blies, the power transformer, and the 
two filter capacitors. The rear panel 
contains the four speaker output ter- 
minals, the phono input jacks, and the 
feedthrough hole for the a.c. power 
cord. Although not visible in the fig- 
ure, the front panel contains the a.c. 
power switch and the two speaker 
fuse holders. The underside of the 
chassis contains the bridge rectifier, a 

five -lug terminal strip, the a.c. power - 
line fuse clip, and four fuse clips for 
fusing the d.c. power supply leads to 
each circuit board. The layout of these 
components is shown in Fig. 7. 

The first step in assembling the 
chassis is to drill all chassis mounting 
holes and mount all components with 
the exception of the circuit 
board/heat sink assemblies. As shown 

EBC 

Q1-05 Q6 -Q9 

CASE IS 
COLLECTOR 
012 - 013 

in Fig. 1, the two heat sinks are 
mounted 1/2 inch above the chassis 
on L -brackets which can be fabricated 
from 1/16 -inch sheet aluminum. The 
heat sink fins are interleaved to con- 
serve space. In addition, this creates a 

chimney effect to aid in the cir- 
culation of air through the heat sink 
assemblies. For adequate cooling, the 
heat sinks should not be mounted 
closer than 1/2 inch to the chassis. In 
addition, the outer two edges of the 
heat sinks should not be closer than 
1-1/4 inches from the edge of the 
chassis. This will allow sufficient room 
to mount the circuit boards on the 
heat sinks without their components 
overhanging the edge of the chassis. 

A total of four 3/8 -inch holes 
should be drilled in the top of the 
chassis, and rubber grommets in- 
stalled in them. One hole adjacent to 
the filter capacitors carries the four 
leads from the power supply to these 
capacitors. One hole directly above 
the phono input jacks carries the two 
signal input leads from the jacks to the 
circuit boards. One hole centered 1 

inch behind each circuit board carries 
the two power supply leads and 
speaker output lead for that respec- 
tive channel. 

The power supply circuit shown in 
Fig. 8 uses a single ground point for all 
high current leads to minimize hum 
and ground -loop problems. The 
ground point used in Fig. 8 is the cen- 
ter ground lug of the terminal strip. 
To this point are connected the power 
transformer secondary center -tap 
lead, the two filter capacitor ground 
leads, and the two speaker ground 
leads. To further minimize ground 
loop problems, the ground terminal 
of each phono input jack is isolated 
from chassis ground by a 2.7 -ohm re- 
sistor. Although insulated phono jacks 
are available, the phono jacks and 2.7 - 
ohm resistors for the unit in Fig. 1 are 
mounted on a small printed circuit 
board behind the rear panel of the 
chassis. Ground connection to the cir- 
cuit board is made through two of the 
4-40 by 1/4 -inch mounting screws, 
lockwashers, and nuts. 

After drilling all mounting holes in 
the chassis and installing grommets in 
the appropriate ones, the power 
transformer, filter capacitors, phono 
jacks, speaker output connectors, a.c. 
power switch, speaker fuse holders, 
power supply fuse clips, bridge rectifi- 
er, and terminal strip should be 
mounted on the chassis. Lock washers 
should be used under all nuts, and the 
mounting screws should be tightened 
securely. The chassis is wired with No. 
18 and No. 20 stranded wire. Red and 
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New from Acoustic Research 

The New AR -16 
A Best Buy from Acoustic Research 

The best kind of loudspeaker is 
one that plays back the music on 
the record or tape with the great- 
est degree of fidelity. The best 
value is the loudspeaker that 
comes closest to this ideal at the 
lowest cost. This is true whether it 
is the music of The Stones, Col- 
trane, or Stravinsky. What you 
want from the record is exactly 
what the musicians, composers, 
and engineers put there. Nothing 
more, nothing less. 

Acoustic Research has been 
designing and manufacturing high 
fidelity loudspeakers based on 
this approach for over 20 years. It 
is against this background of 
experience that we make the 
statement that the AR -16 is the 
best buy we have ever offered the 
publit. 

Performance 
For a price of $100, the AR -16 
offers a unique combination of 
uniform energy response and flat 
anechoic frequency response. A 
crossover network of much 
greater refinement than is found in 
other two-way speaker systems 
gives the AR -16 uniform radiation 
over almost as wide a frequency 
range and solid angle as the most 
expensive AR speakers. 

The performance of the AR -16's 8 
inch woofer has been improved to 
the level of most 10 inch acoustic 
suspension designs. With a sys- 
tem resonance frequency of 55 Hz 
and near -critical damping, usable 
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response has been extended to 
below 40 Hz, approximately the 
lowest note on the orchestral 
double -bass. 

A new cabinet design eliminates 
audible diffraction effects by 
avoiding all unnecessary projec- 
tions and allowing for the mount- 
ing of both drivers flush with the 
front surface. 

Cabinet diffraction effects, graphically 
illustrated above, are absent in the 
AR -16 because of the elimination of 
unnecessary moldings and projections. 

These performance characteris- 
tics, rarely combined even in far 
more expensive speakers, are 
essential for the accurate repro- 
duction of music under actual lis- 
tening conditions and for main- 
taining proper tonal balance for 
listeners in various parts of a 
room. 

Appearance 
The special cabinet construction 
of the AR -16 has also made pos- 
sible an attractive departure in 
appearance from conventional 
speakers. The oiled walnut wood 
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Energy response of the AR -16 speaker system. Woofer perfo mance below 400 Hz (not 

shown above) is equivalent to that of most 10 -inch acoustic suspension designs. 
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finish of the cabinet sides is con- 
tinued on the front. An acoustically 
transparent foam grill, mounted in 
the center of the front baffle, is the 
only element that projects beyond 
the flush -mounted drivers. 

'Best -Buy' value 
The AR -16 is an extremely accu- 
rate- and attractive- high fidelity 
reproducer. Its combination of 
price, performance, and styling 
place it at the point beyond which 
improvements are achieved only 
at disproportionately higher cost 
... exactly what value is all about. 

Guarantee 
The performance specifications of 
the AR -16, like those of the most 
expensive AR speakers, are 
guaranteed for five years. 

For a complete description of the 
AR -16, fill out and mail the coupon 
today. 

A TELEDYNE COMPANY 

Acoustic Research 
10 American Drive 
Norwood 
Massachusetts 02062 
Telephone 617 769 4200 

Please send me a complete 
description of the AR -16 

Name 

-1 

Please send me the AR 
demonstration record 'The 
Sound of Musical Instruments' 
(check for $5 enclosed) 

Address 
AU2 



black color -coded leads are recom- 
mended to distinguish between the 
ground and different polarity leads. 
No. 18 wire should be used for all 
leads to and from the filter capacitors 
and bridge rectifier. No. 20 wire 
should be used for all power supply 
leads from the fuse clips to the circuit 
boards and for all speaker leads. 

After the power supply has been 
wired, the circuit board/heat sink as- 
semblies can be mounted on the 
chassis and wired to the power supply 
fuse clips and the speaker fuse hold- 
ers. The No. 20 wires for these con- 
nections should have already been 
soldered to the circuit boards. After 
this is done, the speaker output con- 
nectors can be wired to the speaker 
fuse holders and the chassis ground 
connection on the terminal strip. No. 
20 stranded wire should be used for 
these connections. To make the wir- 
ing neater, the two power supply 
leads to each circuit board should be 
twisted together before soldering 
them in place, as should the two wires 
to and from each speaker fuse holder 
and the two speaker ground wires. 

Across the speaker output terminals 
of each channel, a 10 -ohm, 2 -watt re- 
sistor in series with a 0.1 microfarad 
capacitor should be soldered. These 
should be connected and insulated so 
that it is impossible for the solder 
junction between the resistor and ca- 
pacitor to accidentally come in con- 
tact with a hot terminal under the 
chassis. 

Cable ties are recommended to 
bind the transformer and filter capa- 
citor leads as shown in Fig. 7. In addi- 
tion, an insulated strain -relief feed - 
through or a grommet and insulated 
strain -relief clamp should be used to 
prevent the a.c. power cord from 
being accidentally pulled from the 
amplifier. This will also insulate the 
power cord jacket from the sharp 
metal edges of its feedthrough hole. 

The final step is to connect the 
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Fig. 10-Circuit diagram of the alter- 
nate feedback network. 

shielded phono cables from the 
phono input jacks to the circuit 
boards. These cables should not be 
routed near any speaker or power 
supply lead, otherwise oscillations 
could occur due to mutual coupling 
between the leads. The input cables 
should be routed through the chassis 
hole above the phono jacks, up the 
outer edge of the circuit board/heat 
sink assemblies as shown in Fig. 1, and 
soldered to the rear of the circuit 
boards. After this step is completed, 
all wires connecting to the rear of the 
boards should be checked to see that 
they do not make contact with any 
component on the ground plane side 
of the board. If any of these wires pro- 
trude through the boards to the 
ground plane side, they should be 
clipped flush with the board. 

Initial Turn -On and Adjustments 
Before any attempt is made to apply 

power to the amplifier, it is strongly 
recommended that the entire unit be 
checked very carefully for errors. All 
solder joints, transistor and diode lead 
connections, and polarity of elec- 
trolytic capacitors should be checked 
especially. If everything appears to be 
correct, the initial tests can be per- 
formed. First, install the a.c. power 
fuse. Do not install the four d.c. fuses 
to the circuit boards at this point. Plug 
the a.c. power cord into a Variac auto - 
transformer, turn the amplifier on, 
and slowly increase the a.c. voltage 
with the Variac while monitoring the 
+ and - d.c. outputs of the bridge rec- 
tifier. The two voltages should have 
equal magnitudes, and the polarities 
should be correct. If both filter ca- 
pacitors are polarized correctly, the 
a.c. voltage can be increased to 120 
volts. (Do not increase the Variac 
above that value.) The positive and 
negative d.c. power supplies should 
then read within one or two volts of 
50 volts. The a.c. power can now be 
removed and the filter capacitors dis- 
charged by holding a 1-kOhm resistor 
across the terminals of each until the 
voltage falls to zero. 

In the next test, d.c. power is ap- 
plied to each circuit board individ- 
ually. Before proceeding, adjust po- 
tentiometer R25 for maximum resist- 
ance, i.e. 5 kOhm. This should be veri- 

fied with an ohmmeter, otherwise the 
power transistors may be damaged in 
the next test. Install the two fuses for 
the d.c. power to one channel. Con- 
nect a 1 -kHz signal of amplitude 1 volt 
rms to the input of that channel and 
an oscilloscope to its speaker termi- 
nals. Do not connect any other load to 
the amplifier. With the a.c. power 
switch on, slowly increase the a.c. 
voltage with the Variac until the out- 
put signal is observed. The signal will 
initially appear as a clipped sine wave. 
There should be no d.c. voltage on 
the speaker terminals. The a.c. voltage 
should not be increased by more than 
about 10 volts at a time without feel- 
ing each transistor in that channel in- 
cluding the output transistors for 
overheating. If any transistor becomes 
hot to the touch, immediately remove 
the a.c. power, for the circuit contains 
a wiring error or has a defective com- 
ponent. 

If no transistor overheats, the a.c. 
voltage can be increased to 120 volts. 
The sine wave output should no long- 
er appear clipped, and its amplitude 
should be 20 volts rms or about 56 
volts peak -to -peak. The a.c. voltage 
can be reduced to zero and the other 
channel tested similarly after first dis- 
charging the filter capacitors with a 

1-kOhm resistor. 
If the preceeding tests are success- 

ful, the bias potentiometers (R25) can 
be adjusted next. With no input signal 
or load on either channel, turn the 
amplifier on and decrease R25 until 
the voltage across Q5 is 3.45 volts on 
each channel. A d.c. voltmeter with a 

floating ground should be used for 
this adjustment. The voltmeter leads 
can be clipped to the heatsinks on 
transistors Q6 and Q7, for the collec- 
tors of these transistors are connected 
across Q5. While adjusting R25 for a 

3.45 volt reading, alternately feel each 
output transistor in that channel for 
overheating. If either output transis- 
tor begins to warm up, that channel is 
defective or the d.c. voltmeter is not 
calibrated correctly. When R25 is 
properly adjusted, the heat sinks on 
which the output transistors are 
mounted will be barely warm to the 
touch after the amplifier has idled for 
approximately 30 minutes. 

An alternative adjustment of R25 

Table I-Parts List for power supply and one channel 
All resistors are 1/4 watt, 5% unless otherwise specified. 
R1-2.7 ohm 
R2-2.7 kOhm 
R3-33 kOhm 
R4, R5, R6, R7-1 kOhm 
R8, R9, R10, R11-100 ohm 
R12, R13, R12A, R13A, R16, R17-3.9 kOhm (Continued On Next Page) 
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TWICE AGAIN, 
HISTORY REPEATS ITSELF. 

Carrying on the innovative tradition of our almost 
ninety year involvement in music, 

Yamaha announces a double breakthrough in all-FET technology. 

Yamaha's C-1. 
At $1800, you've never seen a pream- 
plifier like this before. 

It's so different we call it the Master 
Control Center. You'll call it well worth 
waiting for. 

From input to output, it's the first 
to use advanced FET's exclusively 
throughout the signal path. 

Yamaha's C-1 is made for per- 
fectionists who appreciate the superb 
clear tonality and exceedingly low dis- 
tortion that only FET's can bring. 

For advanced audiophiles who want 
the complete control over literally 
thousands of audio variables that only 
the most advanced circuits and fea- 
tures can offer. 
A built-in oscillator. 

Consider the C -l's unique built-in 
oscillator with level control, a profes- 
sional test instrument that's usually 
found only in sophisticated audio labs. 

By generating both random "pink" 
noise as well as the four most useful 
test tones (70 Hz, 333 Hz, 1 kHz and 
10 kHz), the C -1's oscillator can be put 
to a variety of tasks: 

Determining the precise phono im- 

pedance loading, checking the fre- 
quency response of speakers, A -B 

speaker comparisons, setting up a tape 
deck, balancing the output level of an 
entire system, and balancing room 
acoustics. You'll discover more and 
more uses as you go along. 

(A word of caution: because the C -1's 

oscillator can be used externally, all 

your audiophile friends will want to 
use it to test their own components.) 

Where most other manufacturers 
use a negative feedback design in their 
phono equalizer amplifiers, Yamaha 
specified the more sophisticated pas- 
sive interstage equalizer (CR -type). 
The results were worth it: 

Greater stability, lower distortion, 
superior tonality. 

In our all-out effort to reduce noise 
at all preamp output levels (not just at 

maximum output), the C-1 features a 

unique four -gang volume control that 
simultaneously adjusts inputs and 
outputs. 
You're totally in control. 

With the C -l's selectable equaliza- 
tion controls for presence and acoustic 
balance, you enjoy the equivalent of 

a separate equalizer. For those occa- 
sions when you don't want to use 
equalization controls, the C -1's special 
circuitry lets you bypass them 
completely. 

Another unique feature that sets 
the Yamaha C-1 Master Control Center 
apart from other so-called state-of-the- 
art preamplifiers: 

Six -position selectable phono imped- 
ance that allows your cartridge to be 
precisely loaded for optimum high fre- 
quency performance. 

The Yamaha C -1's absolute control 
over sound also includes a pair of extra 
wide -range (-50 db to +6 db( peak 
reading meters. Electronic damping 
provides both faster peak readings 
and slower decay, assuring precise 
monitoring. You can also use the C -1's 

meters to monitor any external com- 
ponent that doesn't have meters. 

Writing in Audio about our unique 
metering system, Bascom H. King 
stated: 

`:..by far the most accurate and 
meaningful of any meter set-up seen 
thus far:' 

Individual level controls let you 
balance the input from all signal 
sources, except the tuner. (Yamaha's 
companion tuner, the CT -7000, has its 
own variable output level adjustment.) 
So the volume level stays the same 
when you switch, for example, from 
tape to phono; tuner to aux, etc. 

And there's more. 
Enough that once you hear the 

Yamaha C-1, you'll never be satisfied 
with another preamplifier again. 

Yamaha's B-1. 
At $1600, it's already redefined state- 
of-the-art amplifier performance in a 

lot of people's minds. Yours might be 
next. 

Revolutionary Vertical-FET design 
produces a completely different kind 
of sound. Clean, open and transparent. 
With a richness that goes beyond the 
best vacuum tube amplifiers. 

And, up to now, unavailable. 
Worth the wait. 

As late as a few years ago, there 
existed only two types of transistors: 
bipolar and horizontal FET. Each 
operated in a completely different 
manner. 

The bipolar device uses input 
current to control output current. On 

the other hand, the horizontal FET 
uses input voltage to control output 
current-a more suitable audio tech- 
nique that's quite similar to vacuum 
triode tube design. (Both use input 
voltage to control output current; both 
have sharp cut-off characteristics 
which eliminate high -order harmonics 
and notch distortion.) 

Only there was a small problem. 
Because current passage was 

restricted to a single path, the hori- 
zontal FET didn't produce enough 
power to be used in the output stages 
of a power amplifier. 

Then, in 1971, Prof. Nishizawa of 

lbhoku University drastically changed 
the FET's internal structure. The 
shape of the voltage -controlled con- 
striction was altered to let the current 
take an almost infinite number of 

paths. 
And so, the Vertical-FET was born. 
During the past three years, work- 

ing exclusively with Prof. Nishizawa, 
Yamaha's engineers have brought the 
Vertical-FET to the forefront of audio 
technology, where it serves as both 
driving and output devices in our new 
B-1 amplifier. 

The B -l's rated 150 watts per chan- 

YANWIA 

nel (20 Hz to 20 kHz, less than 0.1% 

THD) are produced by only two 
Vertical-FET output devices per 
channel. 

Compare that with the minimum of 

six to eight output devices per chan- 
nel found on most other amps! 

Yamaha knows that fewer output 
devices minimize the distortion caused 
by out -of -balance output devices 
during transistor switching cycles. 
And maximize tonality. 
People are talking. - 

Here's what Julian Hirsch of Stereo 
Review had to say about the power - 
handling capacity of Yamaha's new 
Vertical-FET: 

"Each of the FET's is about the size 
of an ordinary power transistor, but 
it can dissipate 300 watts!" 

Audio's Bascom H. King observed 
that the B -1's power output at visual 
onset of clipping for an 8 -ohm load was 
220 watts -46% over spec! 

So you can see that our 8 -ohm rating 
of 150 watts is quite conservative 
indeed! 

Because the B-1 is used as a ref- 
erence amp by many of our dealers, 
we supply an optional control unit that 
can A -B up to five pair of speakers and 
balance them for efficiency at the head 
amp. Without the insertion of T -pads 
that degrade low -end response by 
decreasing damping characteristics. 

It's called the UC -1. It costs $250. 

And you don't have to be a Yamaha 
audio dealer to own one. 

Besides speaker switching, the 
UC -1's extra wide -range peak delay 
meters, with faster peak and slower 
decay like those on the C-1 (but cali- 

brated in both dB's and watts of power 
output), offer an extremely precise 
monitoring capability to your system. 

Yamaha's C-1 and B-1. $3650 the 
pair, with the UC -1 control unit. 

After you hear them together, you'll 
never be satisfied with anything less. 

International Corp., P.O. Box 6600, Buena Park, Calif. 90620 
Check No. 51 on Reader Service Card 



Equipment Profiles 
GTE Sylvania Model RS4744 
Stereo Receiver 

MANUFACTURER'S SPECIFICATIONS 
FM Tuner Section 

IHF Sensitivity: 1.8 AN (10.5 dBf). 50 dB Quieting: 3.0 µV 
(14.93 dBf). S/N Ratio: 67 dB. Capture Ratio: 1.5 dB. Image 
Rejection: 53 dB. I.F. Rejection: 50 dB. Selectivity: 55 dB. 
AM Suppression: 35dB. Spurious Rejection: 80dB. THD: 
Mono, 0.4%; Stereo, 0.4%. Stereo Separation: 1 kHz, 40 dB; 
50 Hz to 10 kHz, 30 dB. FM Muting Threshold: 5µV (19.37 
dBf). 
AM Tuner Section 

Sensitivity: 200 µV/m (internal antenna). Image Rejection: 
60dB. Selectivity: 28dB. 
Amplifier Section 

Power Output: 60 watts per channel min. rms at 8 ohms 
from 20 Hz to 20 kHz, with no more than 0.25% total har- 
monic distortion. Damping Factor: 20. IM Distortion: 0.25% 
at rated power output. Frequency Response: Phono, RIAA 
±1.5 dB; High Level, 7 Hz to 70 kHz ±1.0 dB. Input Sensi- 
tivity: Phono, 2.2 mV; Mike, 1.2 mV; Tape and AUX, 250 mV. 
S/N: Phono, 70 dB below 10 mV input; Mike, 65 dB below 5 

mV input; AUX and Tape, 75 dB below 250 mV input. Tone 
Control Range: Bass, ±18dß @ 50 Hz; Mid -Range, ±10 dB 
1.5 kHz; Treble, ±12 dB at 10 kHz. Filters: Low, -20 dB @ 20 
Hz, 12 dB/octave; High, -20 dB @ 20 kHz, 12 dB/octave. 
General Specifications: 

Dimensions: 17-3/4 in. W by 6 in. H by 15 in. D. Weight: 
29 I bs. Suggested Retail Price: $479.95. 

Fig. 1-Rear view of Sylvania RS4744. 

It is fairly obvious, even from a cursory examination of the 
RS4744, that GTE Sylvania means to capture whatever share 
of the high end of the component audio business that is to 
be had, and wipe out whatever association the firm had with 
medium -fi compacts and consoles. "Obvious," we say, since 
it seems obvious to us that the Batavia, New York firm has 
spent a great deal of engineering and design time to create a 

line of stereo receivers that combines the advantages of 
American mass -production economies with the top audio 
performance of true componentry. If the RS4744 is typical of 
the results, we would say that Sylvania's efforts should prove 
successful. 

This most powerful of Sylvania's new receivers has a good 
looking, bronze -gold colored front panel with enough con- 
trols and buttons to satisfy the audio perfectionist. A large 
black-out dial area includes a long, linearly calibrated FM 
frequency scale (with markings at every half MHz), an 
equally long AM scale, and a 0-100 reference logging scale. 
The dial pointer is illuminated for easier visibility. To the left 
of the scales are a pair of illuminated meters for signal 
strength and center -of -channel FM tuning. At the right of 
the dial scale, the words "FM MPX" light up to indicate ster- 
eo FM reception, and beyond the dial area to the right is a 

large metal tuning knob coupled to a fairly effective fly- 
wheel. 

A power on/off push button and phone and mike jacks 
are located at the lower left of the panel, followed by main 
and remote speaker lever switches. Operation of these 
switches is such that with both main and remote levers in 
their "up" positions, main speakers are engaged. To activate 
remote speakers, that switch must be thrown downward, as 
must the "main" switch to turn off the main speakers-a 
nice touch of human engineering that maintains symmetry 
of switch positions for most often used applications. 

Fig. 2-Internal view. 
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Dual concentric, clutch -type bass, mid -range, and treble 
controls of the rotary type come next, followed by the usual 
balance and master -volume controls. At the lower right of 
the panel are two rows of pushbuttons. The upper row of six 

handles two tape monitor circuits, high- and low-cut filters, 
mono/stereo switching, and loudness control activation. 
The lower row of six selects program sources (a pair of 
phono inputs, AUX, AM and FM) and muting for FM. If both 
phono buttons are depressed simultaneously, the mike in- 
put circuit is selected-another nice touch that cuts down 
on the number of required buttons. 

The rear panel of the RS4744 is pictured in Fig. 1. The AM 
ferrite -bar antenna is supplied in a separate package, and 
must be slipped into a retaining slide and plugged in to an 

appropriate multi -contact socket on the rear panel. This 
simplifies packaging of the receiver and prevents possible 
breakage of the bar antenna during shipment. Screw termi- 
nals are provided for external AM antenna and 75 -ohm or 
300 -ohm FM antennas. Of the two pairs of phono inputs, 
one pair is associated with a slide switch which converts it to 
a ceramic phono -cartridge input. While it is convenient to 
be able to thus use a ceramic cartridge directly, we question 
whether anyone investing just under $500.00 in a stereo re- 
ceiver would really use a ceramic cartridge with it. AUX in- 
put jacks and tape in and out jacks for the two tape monitor 
circuits come next, followed by preamp out/main amp in 

jacks with the usual jumpers connected between them. 
There are three sets of speaker terminals of the push -to -in- 
sert speaker wire type. Besides main and remote pairs of 
speakers, a pair of speakers may be connected to the third 
set, identified as PQ -4, and turned on by means of a slide 
switch to provide a synthesized four -channel effect through 
a passive matrix network built into the receiver. Speaker and 
power line circuits are equipped with resetable circuit 
breakers-tiny red buttons are pressed to reset the breakers 
in the event of overload, thereby eliminating the need for 
fuses. A pair of unswitched and one switched a.c. receptacle 
and a chassis ground terminal complete the rear panel lay- 

out. 
An internal view of the RS4744 chassis is shown in Fig. 2. 

Most of the circuit parts are contained on a single, massive 

printed circuit board, as opposed to the modules used by 
other manufacturers. It is clear, too, that this same master 
board is used for less powerful, less expensive models in the 
Sylvania line. A sub -panel PC board containing one row of 
switches (tape monitors, filters, mono/stereo and loudness) 
is wired to the "mother board by means of a multiple con- 
nector cable. 

FETs are used in the FM front-end as r.f. amplifier and 
mixer, which are tuned by means of a three -section variable 
capacitor. A pair of ceramic filters are used between i.f. 
stages, followed by an IC limiter -amplifier -quadrature de- 
tector. The MPX circuit is a phase -lock -loop type, contained 
in a single IC which requires no coil alignment for optimiz- 
ing separation. A rather elaborate muting circuit utilizes sev- 

eral transistor stages plus an FET Mute Gate. The AM section 
uses discrete parts and is tuned by means of a three -gang ca- 

pacitor and tunable i.f. coils. Phono preamplifiers utilize two 
transistors each with negative feedback applied for RIAA 
equalization. Tone -control circuitry is of the negative -feed- 
back type, and tone -amplification circuits use a single Dar- 
lington circuit for each channel. The first stage of each pow- 
er amplifier section is a differential amplifier, and there is di- 
rect coupling from input to speaker output in these sec- 

tions. Output stages are powered by plus and minus 50 volts 
in a push-pull complementary (NPN-PNP) symmetry ar- 
rangement. An electronic current -limiting circuit protects 
the amplifier from improperly connected speakers, ex- 

cessive current or short circuits. In the event of overload, a 

relay actually disconnects the secondary of the power trans- 
former from the high -voltage supply rectifiers. 

FM Section Measurements 
The graphs in Fig. 3 show some of the most important FM 

performance characteristics. Usable sensitivity measured 1.9 

µV (11.0 dBf), as against 1.8 µV claimed. The 50 -dB quieting 
figure exceeded the published 3.0 µV claim, requiring only 
2.8µV (14.33 dBf) of input signal strength. Ultimate quieting 
in mono was 72 dB, with best quieting of 60 dB obtain in 

stereo operation. Stereo usable sensitivity was a low and ex- 
cellent 4.0 µV (17.4 dBf), and muting threshold was set to 5 

µV. Distortion at mid -audio frequencies measured 0.27% in 

mono; 0.3% in stereo, both better than claimed. Capture ra- 

tio measured exactly 1.5 dB as claimed, and selectivity was 57 

dB, a bit better than claimed but not as good as other receiv- 
ers in this price category. This specification, as well as the 
moderate i.f. rejection (50 dB) and AM suppression (35 dB), 
appears to be a combined result of the rather minimal r.f. 
and i.f. circuitry used in this design. 

Stereo FM separation is plotted in Fig. 4 and measured 40 

dB at mid -frequencies, decreasing to 32 dB at 50 Hz and 31 

dB at 10 kHz. Distortion in both mono and stereo remained 
at or below 0.5% for all frequencies up to 9 kHz. At the 
three frequencies specified in the new FM measurement 
standards, THD was 0.4% (100 Hz), 0.27% (1 kHz) and 0.22% 
(6 kHz) in mono and 0.5%, 0.3% and 0.25% in stereo. 

Power Amplifier Measurements 
While GTE Sylvania, like all high-fidelity component mak- 

ers, properly specifies power output for the RS4744 in ac- 
cordance with FTC regulations, they also publish (in suitably 
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smaller type face) mid -frequency power capability, which is 
listed at 75 watts per channel. We actually measured 77 watts 
of output per channel at 1 kHz with both channels driven, 
into 8 ohm loads, before the 0.25% rated THD figure was 
reached, as shown in Fig. 5. At the nominal "FTC power" of 
60 watts per channel, THD measured below 0.1% for this 
mid -frequency. IM distortion in our sample was a bit higher 
than specified, reaching 0.3% at the nominal 60 watts out- 
put, and 0.45% at 75 watts output. The reason for the lower 
(60 watts) rating over the entire audio band becomes clear 
when you examine the distortion -versus -frequency graph of 
Fig. 6. At 20 Hz, with 60 watts delivered from each channel, 
THD reaches the specified 0.25%. All of these measure- 
ments were made after first preconditioning the receiver for 
one hour, during which time it delivered continuous power 
of 20 watts per channel into 8 ohm loads. 
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Fig. 7-Control range of base, mid -range, and treble con- 
trols. 

Preamplifier Control Section Measurements 
Phono input sensitivity was identical for both sets of in- 

puts and measured 2.8 mV. Maximum signal input at 1 kHz 
before overload distortion became apparent was 125 mV. 
RIAA equalization accuracy was within 1 dB from 30 Hz to 
15,000 Hz, and frequency response for high level inputs was 
flat to within 1 dB from 5 Hz to 38 kHz, with the 3 -dB roll -off 
point occurring at 70 kHz. Figure 7 is a 'scope photo of se- 
quential traces made by our spectrum analyzer from 20 Hz 
to 20 kHz and depicts the full range of all three tone controls 
of the RS4744 receiver. Bass boost and cut range is greater 
than we normally find on receivers, with nearly 20 dB of 
boost and cut available at the 50 -Hz point (each vertical divi- 
sion of the 'scope graticule is equal to 10 dB of amplitude). 
The action of the extra mid -range tone control is exactly as 
expected and is centered at around 1.5 kHz as claimed. 

In Fig. 8 we plotted action of the loudness compensation 
circuit from full volume to a -50 dB setting in approximately 
10 dB steps and, as can be observed, action involves bass 
emphasis only. Action of high- and low-cut filters is shown 
in the 'scope photo of Fig. 9, and a comparison with max- 
imum attenuation of the bass and treble controls (Fig. 7) 
shows the advantage of these 12 -dB -per -octave filters in 
eliminating noise and rumble with least degradation of mu- 
sical frequency response. 

Fig. 8-Loudness control action from full cw setting of vol- 
ume control to -50 dB below full volume. 

Fig. 9-Action of high -cut and low-cut filters. 
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 - There are some who believe that a single -play 
turntable is somehow inherently better than a 
multiple -play unit. All right-the Z2000B is a 
single -play turntable. Its capacity to function 
as a multiple -play unit offers convenience with 
no compromise of performance. The auto- 
matic mechanism which gently indexes the 
arm, lifts it at the end of play, returns it to 

2 Does it have belt -drive and variable speed? 
Garrard engineers have attained remarkable 
results by combining the world famous 
Synchro-Lab motor and an inventive belt/idler 
drive combination. A 5 lb., die-cast, dynami- 
cally balanced platter is rotated via a flexible 
belt. Not only are the tiniest fluctuations of 
speed smoothed out, but an extraordinary 
-64dB rumble is only one example of the im - 

3 Does it handle records gently? 
All responsible turntable manufacturers are 
concerned with protecting your records. With 
Garrard, it's an obsession. The Z2000B boasts 
an array of features designed solely to prolong 
the life of your records. In addition to the 
exclusive, articulated tonearm, it incorpo- 
rates an exceptionally accurate magnetic anti - 
skating device. Cueing is viscous damped in 

4 Does it eliminate tracking error? 

('//1 

grooves of a record are cut by a stylus 
that travels in a straight line. Conventional 
playback tonearms move in an arc. The dif- 
ference between these two paths is called . r, "tracking error:' Simply stated, tracking error 

.. launches a cycle of distortion and record wear. 
In good design, the error is averaged over the 
record so that distortion is minimal. But such 

The groo 

1 
Does it perform as well as any single -play turntable? 

Four questions 
you must ask about any 
multiple -play turntable. 

the arm rest and shuts off the motor-is 
completely disengaged during record play. A 
2 -position control sets the proper vertical 
tracking angle for single or multiple play. The 
Z2000B can truly be called the automated, 
single -play turntable with multiple -play 
capability. 

pressive specifications achieved. A variable 
speed control corrects out -of -pitch recordings 
and an illuminated stroboscope provides 
optical confirmation. The Z2000B combines 
all of these elements to achieve the main goal 
of Garrard engineering: superior performance 
at reasonable cost. 

both directions. The ingenious built-in auto- 
matic record counter keeps track of how many 
LP sides the stylus has played. And unlike 
some of the highest priced changers that sup- 
port records only at the center hole. the 
Z2000B supports them at the hole and edge, 
and the release mechanism operates at both 
points. Protection for your records indeed! 

compromise was unacceptable in the Z2000B. 
What Garrard engineers did about it was sum- 
med up by High Fidelity Magazine which 
described the Zero Tracking Error Tonearm 
as "...the best arm yet offered as an integral 
part of an automatic player:' The Z2000B is 
the only automatic turntable in the world with- 
out tracking error. 

The Garrard Z2000B. Yes.Yes.Yes.Yes. 

For your free copy of the New Garrard Guide, write to Garrard. Division of Plessey 
Consumer Products, Dept. C, 100 Commercial St.. Plainview, New York 11803 

Check No. 17 on Reader Service Card 
The Automatic Choice 



Infinity reshapes 
the state of the art. 
Again. 
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