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unmatcned 
for purists who believe separate components are best 

The Scott 431 AM -FM stereo tuner is the performance -for -the -price leader among separate 
component tuners. It's an all new model, but it has a storied and reliable history in the 
Scott 312 FM -only tuner which was the industry leader from 1964 to 1970. 

For the 431, Scott engineers used a silver plated tuner with a cascode FE 1 front end. The 
result is IHF sensitivity of 1.7 µV which is great in itself but not particularly important, 
since hardly anybody listens to FM under IHF conditions. What is important is the steep- 
ness of the sensitivity curve, which drops sharply, reaching a signal to noise ratio of better 
than 60 dB at a signal level of around 10 µV. What this buys you is essentially noise -free 
reception, even in suburban or fringe areas, of practically any station with enough signal 
strength to budge the panel meter. 

Not only does the Scott circuitry achieve full limiting on weak signals (like 4 to 5µV), but it 
also has plenty of headroom to prevent overload distortion when you tune to an unusually 
strong station nearby. The 431 tuner uses two six -pole LC filters in its integrated circuit IF 

strip. These give better skirt selectivity than highly touted crystal types, and this 
means you won't be troubled by interference from alternate channels. 

The 431 is the only tuner we know of that gives you a multipath distortion meter to check 
your antenna position for best reception, and a 7511 antenna socket for professional or 
community antenna applications. Scott engineers have included a high quality AM tuner 
section for listeners who like to tune in an AM program occasionally. Other features 
include a front panel tape recorder output jack, function lights, and even a panel light dimmer. 

The Scott 431 AM -FM stereo tuner sells for $219.90 which is considerably less than the 
price of the FM -only tuner it replaces. We believe you'll find it an outstanding value, 
particularly after you've seen and heard all the others. 

The Scott 490 integrated stereo control amplifier is the 431's non -identical twin. It puts out 
70 watts of continuous (RMS) power with both channels driven into 812 over the frequency 
range 15 Hz to 20 kHz with less than 0.5% distortion. But where it really overpowers its 
competition is with single 412 speakers or parallel combinations of 812 speakers where it 
delivers a conservative 120 watts per channel with both channels driven. Speaker connec- 
tions for up to three stereo pairs are provided and any two pairs may be used simul- 
taneously without overloading the power supply or degrading performance. Active 
electronic protection circuitry plus fuses and circuit breaker protect both amplifier and 
speakers against faults. 

Individual left and right channel VU meters with range switching allow power output 
monitoring on both loud and quiet program material. Tape recorder, microphone, and 
headphone jacks are placed on the front panel for convenient access. A second tape 
recorder may be connected at the rear for multiple rmording or program production. 

The 490 integrated stereo control amplifier outpoints its competition and at $299.90 is 
another performance -for -the -price leader. 

Both the 431 tuner and 490 amplifier feature Scott's quick -change Modutron 
circuit boards, full two-year parts and labor warranty, and Scott's traditional 100% 

American design and manufacture. Before you buy separate components, see and hear 
the 431 and 490 "unmatched pair" at your Scott dealer's. 

C3where lllIlOVQÍOS a tradition 
I -I I I Sx ott, Inc., 111 Powdemúll Road, Maynard, Mass. 01754 
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First test reports on the Zero 100 
by the industry's leading reviewers 
Brief excerpts reprinted below. Let us send you the full reports. 

FE L Fa FIDELITY Sept. 1971 

Altogether, this new arm strikes us as an 
excellent piece of engineering; it prob- 
ably is the best arm yet offered as an 
integral part of an automatic player. 
Operation is simple, quiet, and reliable. 

All told, we feel that Garrard has come 
up with a real winner in the Zero 100. 
Even without the tangent -tracking feature 
of the arm, this would be an excellent 
machine at a competitive price. With the 
novel (and effective) arm, the Zero 100 
becomes a very desirable "superchanger" 
with, of course, manual options. 
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Thu GRA;Y101'llONE 
August, 1971 

Reproduction quality was excellent with 
no detectable wow, flutter or rumble 
under stringent listening conditions. End 
of side distortion, which is always a pos- 
sibility with pivoted arms, was virtually 
absent, due no doubt to the tangential 
tracking arm. 

Fall, 1971 

One could go on cataloguing the virtues 
of the Zero 100 indefinitely. 

For 8 -page test reports booklet and a 12 -page 
brochure on the Zero 100 and the entire Garrard 
series mail to British Industries Company, 
Dept. B 12, Westbury, N.Y. 11590. 

Name 

Address 

City 

State Zip flew__ 

AUDIO July, .1971 

The Zero -100 performed just about as we 
expected after reading the specifications. 
Wow measured .08 per cent-that is in 
the band from 0.5 to 6 Hz. Flutter, in the 
band from 6 to 250 Hz, measured .03 per 
cent, both of which are excellent. Thus, 
the Garrard Zero 100 is certainly the 
finest in a long line of automatic turn- 
tables which have been around for over 
50 years. We think you will like it. 

August, 1971 

Our lab measurements essentially con- 
firmed the claims made by Garrard for 
the Zero 100. We used a special pro- 
tractor with an angular resolution of about 
0.5°, and the observed tracking error was 
always less than this detectable amount. 
The tracking force calibration was accu- 
rate, within 0.1 gram over its full range. D 
The Garrard Zero 100 operated smoothly 
and without any mechanical "bug 

A genuine step upward in automatic turntables 

The only automatic turntable with Zero Tracking Error 
Mfg. by Plessey Ltd. Dist. by British Industries Co. Check No. 3 on Reader Service Card 

Stereo Review July, 1971 

Indeed, everything worked smoothly, 
quietly, and just as it was meant to. If 
there were any "bugs" in the Zero 100, 
we didn't find them. D Garrard's Zero 
100, in basic performance, easily ranks 
with the finest automatic turntables on 
the market. Its novel arm - which really 
works as claimed - and its other unique 
design features suggest that a great deal 
of development time, plus sheer imagina- 
tion, went into its creation. In our view, 
the results were well worth the effort. 

Sept. 16, 1971 

This unit has every imaginable gadget 
and gewgaw one might possibly desire, 
and it works. And considering how much 
it does, and how well it does it, at 190 
bucks it doesn't even seem expensive. 
The changer has so much in it that an 
analysis of its innards is almost a case 
study in record player design. 

$18950 
less base and cartridge 



co009 Audioclinic 

March 

Special Loudspeaker Issue 
Buyers Guide 
Loudspeaker Evaluation- 

by Ralph West 
Loudspeaker Q's and A's 
Amplifier Testing- 

by Andrew R. Collins 

Equipment Reviews 
will include: 
Wharfedale W -70E loudspeaker 
(held over from this issue) 
TEAC 201 amplifier 

Plus 
Record and tape reviews and all 
the regular features 

Late Flash! 
Dolby Labs has announced 
that Sony Corp. has become 
a B -type licensee. No prod- 
ucts had been announced by 
press time. 

About the Cover: Shown are the 
150 watt Sony 1130, the 200 
watt Crown DC -150 with the 
IC -150 preamp, the 250 watt 
Marantz, and the Phase Linear, 
which puts out 700 watts. Want 
more power? Well, how about the 
new Crown DC -4000? 

Joseph Giovanelli 

Equipment Fed in Parallel 
Q. Is it possible to connect tuner and 

tape deck outputs in parallel, and then to 
the input of a power amplifier? 

Is it possible to connect the input of a 
tape deck and amplifier in parallel, and 
then to the output of a tuner?-Joel Mas- 
ser, Highland Park, Ill. 

A. You should not connect a tuner and 
a tape deck in parallel, and then feed 
the input of a power amplifier or pre- 
amplifier. By so doing you stand a 
chance of losing both output and low 
frequency response. 

Keep in mind the fact that, in addition 
to each piece of equipment feeding 
into the power amplifier, each one 
attempts to feed the other. It is well for 
a tape deck or tuner to "see" a high 
impedance. Because the tuner "sees" 
the low impedance of the tape deck's 
output, and because the tape deck 
"sees" the low impedance of the tuner's 
output, these devices do not look into 
the high impedance they require. 

With the arrangement you are 
proposing you stand to lose at least 6 db 
of output, and perhaps more. You may 
find that the tuner works fine but that 
the tape machine does not perform well, 
or vice versa. Further, if the size of 
the coupling capacitors in the output 
circuits of the tuner and tape deck are 
comparatively low values, bass response 
will be lost because of the excessive 
loading applied to them. (This comes 
about because of the reactance of the 
capacitors' being higher than the 
impedance into which they look.) 

Most of the time there would not be 
a need to connect a tuner and tape deck 
to an amplifier; they would not be 
used simultaneously. Therefore, a 
simple switching system should be 
used. If more flexibility is required, 
a simple jack field can be wired so 
that all devices can be connected to- 
gether as is done in telephone switch- 
boards. 

On the other hand, if you want your 
tuner to feed into both your power 
amplifier's input and your tape re- 
corder's input in parallel, this is fine. 
The impedance of both the tape 
machine's input and that of the ampli- 
fier is high enough so that no loading 
of the tuner's output will result. This 
still holds true even though the tuner's 
output looks into the combined im- 
pedance of both the amplifier and the 
tape deck's input circuits. If each of 
these input circuits is 200 K ohms, then 

the combined impedance of the two units 
will only be 100 K ohms, high enough 
not to cause excessive loading of the 
tuner. If you really wish to be safe, 
check the manual for your tuner and 
note the minimum impedance it should 
look into. Then check the impedance of 
both your tape machine and amplifier. 
If their combined value is higher than 
that of the tuner's recommended mini- 
mum, you can make the connections 
as desired. 

Of course, if your amplifier has tape 
monitoring provisions, this is the best 
way of setting up your equipment. It, 
permits greater flexibility without 
the need for changing connections. 

Skating and Tracking Forces 
Q. I read somewhere that as stylus 

force increases, the less the need for 
antiskating correction. Then, why do 
manufacturers of arms and players in- 
crease the corrective force as tracking 
force increases, instead of decreasing 
it?-Elliott Dennis, Brooklyn, N.Y. 

A. If you have a tonearm which ex- 
hibits lots of skating force and if this 
arm tracks lightly, it is possible that 
the skating force will cause skipped 
grooves at times of high groove modu- 
lation. Actually, it is the combination 
of skating force, light tracking force, 
and the vertical component of the 
groove modulation which causes 
groove jumping. When more tracking 
force is added, skipping does not 
occur; the additional tracking force 
has overcome the tendency of the 
vertical groove motion to throw the 
stylus out of the groove. This does 
not mean, however, that the tendency 
to skate has been suppressed. It sim- 
ply means that its effects have been 
overcome at least in terms of skipped 
grooves. In reality, the amount of 
skating force has actually increased. 

One of the factors which produces 
skating force is the friction between 
the stylus and the groove walls. As 
tracking force increases, friction also 
increases, thereby producing an in- 
crease in skating force. 

If you have a problem or question on 

audio, write to Mr. Joseph Giovanelli at 

AUDIO, 134 North Thirteenth Street, 
Philadelphia, Pa. 19107. All letters are 

answered. Please enclose a stamped self- 

addressed envelope. 
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This is the tape deck your components 
have been saving themselves for. 

Right off the top, our RS-736US 
give` Moir components an 
incredible head Mart. Because 
its three heads are made of Hot 
Pressed ; errite. And Ferrite 
( pioneered by Panasonic; improves 
frequency response a far_tastic 
25% All by itself! 

[t a_so lets 1_s create the 
worlls narrowest, most precise 
tape -head gap. Which is exactly 
what makes the high fidelity so 
high And it stays high. Because 
Ferrte Leads lire more *an ten 
times lodger than non Ferrite ones. 

As you migit expect_ our 
RS-736LtS has atop speed of 15 i.p.s. 
Whiff is nothing less than broad- 
cast duality. ( For flexibility, it also 
has two other speeds: 334 and 717:-..` 

PANASONIC. 

And the controls are designed 
to keep everything well under 
contro_. Yoi 1l find a. separate 
switch for tape and speed equal- 
ization Two large VU meters to 
let you supervise separate sources 
(live and electron_c) . Slice controls. 
And a ncn:tor switch ( for each 
charnel) to let you compare 
what's :aside with what's Dutside. 

Tc let you know where you're 
at, there's a cue lever. Ar_d 
for momentary stcps, a pause 
control A Noise -Free Device 
takes care of unnatural tase hiss. 
There's even an automatic 
adjustment for the tape tension. 
One sweetlever to control fast 
forwa>M3, rewind, stop, play 
and pause. And tinted dust cover. 

Just like the decks you and in 
recording studios, the 11S -72-61:S 
lets you record sound an sound. 
Or sound with sound. Or mix rr_r-sic 
in. up and out. And add ec_ e. 
And there's more. 

200 kHz AC -bias. A signal-to- 
noise ratio that's better than 
5.= dB. And a frequency rei onse 
ecrve of 20 Hz to 30,0d011-: 
at 15 i.p.s. We even include a chart 
that gives you the personal 
frequency response of eacr 
particular unit. So you 11 k -ow just 
what your components are get=iig. 

Listen to the RS -73613S. Ard 
'near why this tape deck is hie ore 
you, your customers (and -your 
components ) have been waiting for. 
Breathlessly. 

just slightly ahead of oar time 
200 f'<RK AVf NUE, NEW YORK, V Y. 10017 

Check Yc, 18 on Reader Service Card 



Beware of 
Stylus 

Carnivorous, 
theVinyl 
Cannibal. 

Stylus Carnivorous can grow 
under your phonograph cartridge, 
when you haven't been careful to 
check the condition of your car- 
tridge and stylus from time to time. 
He thrives on neglect. The result: 
your records could suffer. 

You can avoid Stylus Carnivorous 
by taking your cartridge to your high 
fidelity dealer for a check-up about 
every six months. Our Pickering 
dealers will be happy to do this for 
you-free. 

If your cartridge is a Pickering 
(and it just might be, since more 
Pickering cartridges are installed on 

record players than any other car- 
tridge) and if you need a new stylus, 
you can get the precise Pickering 
replacement. Ask for the one that 
matches the stylus originally engi- 
neered for your equipment. 

So if your stereo has been sound- 
ing strange, maybe it's not your 
stereo. Maybe it's old Stylus Carni- 
vorous. For free brochure, "Ques- 
tions and Answers About Cartridges 
and Styli" write Pickering & Co., 
Inc., Plainview, N.Y. 11803. 

® PICKERING 
"for those who can Iheerl the difference" 

All Pickering cartridges are designed for use 

with all 2 and 4 -channel matrix derived com- 
patible systems. 

Tape Guide Herman Burstein 

Compatability 
Q. I own a Heath AJ-33A stereo tuner 

and AA -22 stereo amplifier. I am con- 
sidering purchasing a TEAC A -4010S 
tape deck and two Pioneer CS -88 
speakers. Will these new components be 
compatible with my present system?- 
Thomas P. Ross, APO San Francisco, 
Calif. 

A. I see no reason why your proposed 
purchases should not tie in properly 
with your present equipment. In the 
case of speakers, let me add that choice 
depends not only on quality and rep- 
utation of the speakers but also very 
much on the individual hearing char- 
acteristics and preferences of the 
listener. In other words, I am saying 
that you should never buy speakers 
without listening to them first. (Proba- 
bly this advice applies to other compo- 
nents as well, but perhaps not as 
strongly.) 

Potpourri 
Q. 1 would appreciate it if you could 

answer some questions that have been 
bothering me for some time. (1) Is there 
any advantage to recording at 15 ips 
rather than 7A or 33/ ips? Any disad- 
vantages? (2) Is there any disadvantage 
to recording music at 17/8 ips? (3) When 
tape becomes old, will crosstalk or dis- 
tortion occur? Will the tape become 
brittle, crack, and tear easily? (4) Is there 
any difference in recording from one 
machine to another by use of a DIN jack 
rather than lines from the line output or 
speaker socket to the line input? Are 
DIN jack sockets standard on all 
machines? (5) How does a tape manu- 
facturer rate the amount of feet of tape on 
a reel? For example, on a box marked 
3600 feet, the end tab of the tape lists 
2900.4 feet, and there isn't even this 
amount on the reel. (6) Will a long line 
from an amplifier or turntable to a tape 
recorder decrease the quality of the re- 
cording compared with a short line? 
What about a long line from the ampli- 

fier to the speakers? (7) When playing 
my 4 -track tape recorder I hear a type of 
noise in the speakers that sounds similar 
to surface noise on some records. What 
could be the cause of this, and how can it 
be corrected? Could the recorder be re- 
cording the noise of the motor on the tape? 
-Robert Nelson, Pasadena, Calif. 

A. (1) At high tape speeds one gets 
better frequency response, lower noise, 
less distortion, and less wow and flutter 
than at low speeds. (2) The answer to 

question one also applies to question 
two. (3) I don't believe that crosstalk 
and distortion are a function of tape 
age. Some tapes, particularly acetate, 
will deteriorate physically. (4) I- can't 
see that the type of jacks employed will 
affect recording quality. Usually the 
quality of the signal obtained prior 
to the speakers is better than the signal 
at the speaker leads. DIN jacks are not 
standard on U.S. machines. (5) A 71/2 -in. 
reel holds 1200 feet of conventional 
tape, 1800 feet of 1 -mil tape, and 2400 
feet of 1/ -mil tape. I suspect an error 
in the marking on your box, and per- 
haps on the tape tab. (6) A long line 
from the signal source to the tape re- 
corder input can result in treble loss, 
unless the source is of low impedance 
(about 1,000 ohms or less). A long line 
from a power amplifier to the speakers 
may result in a slight loss of power. If 
you are using #16 or heavier wire, the 
loss and its consequences (some increase 
in distortion because the amplifier has 
to work harder to make up the loss) are 
apt to be insignificant unless you 
appreciably exceed 100 feet. (7) You 
may be hearing noise produced by the 
electronics of your tape recorder-so- 
called modulation noise which occurs 
only in the presence of an audio signal, 
owing to physical and magnetic 
irregularities in the tape. Or the noise 
may be reproduced noise from records 
which you have copied. 

Meter Pegging 
Q. Does it hurt to peg the VU meter 

once or twice (for example by accident- 
ally turning up the volume)?-Laird 
Brown, Dayton, Ohio. 

A. VU meters are built to stand con- 
siderable overload, assuming they are 
true VU meters rather than some other 
kind of meter supplied with a VU scale. 
A true VU meter can continuously with- 
stand a voltage five times as great as 
that required to drive it to 0 VU; and 
it can withstand for ' second a voltage 
10 times as great as that required to 
drive it to 0 VU. 

If you have ,a problem or question on tape 
recording, write to Mr. Herman Burstein at 

AUDIO, 134 North Thirteenth Street, 
Philadelphia, Pa. 19107. All letters are 

answered. Please enclose a stamped, self- 

addressed envelope. 
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TEAC SL Series Tape Decks: 
the penultimates 
Naturally, we'd like to believe that we are 
producing the ultimate and eternal in modern 
tape equipment. That would be fine if we were 
ready for retirement to the Smithsonian Museum. 
But we're not. So we make penultimate machines 
like the 7030 SL. Machines that are always 
within an ace of being the ultimate. That leaves 
us some leeway to go even beyond what is 
ultimate for the moment. 
To give our SL series decks the professional 
edge they need to make flawless recordings, we 
have left nothing to chance. You get precision 
electronics with selected low -noise silicon 
transistors. And bias -current switching. And 
large VU meters. And built-in mic/line mixing. 
And of course, 3-motor/solenoid operation. 
As for immortality, we'd rather give the original 
retail purchaser of our penultimate machines a 
warranty on the critical high -density ferrite 
heads-good for his entire happy lifetime. Which 
is what we've done on the 7030 SL, as well as 
the 6010 SL and the 7010 SL. 
The 7030 SL does for the audiophile what studio 
console equipment does for the recording 
engineer. It features 101/2 -inch NAB reels and 
professional speeds of 71/2 ips and 15 ips. 
You can use it as a single -direction two -track 
recording, and two- or four -track playback deck. 
It also gives you high-speed pushbutton 
cueing, autostop, and rewind. In other words, 
the 7030 SL is the deck that can produce the 
finest original master tapes, as well as yeoman 
recording at the highest professional level. 
Then there's the home, professional, 
or background music four -track, 
two -channel 6010 SL with auto -reverse. 
It accepts 7 -inch reels, and operates 
at speeds of 71/2 ips and 33/4 ips. 

And the home or professional 7010 SL with 
extended playback: it's a four -track, two -channel 
deck with autoreverse. Lüke the 7030, it accom- 
modates 101/2 -inch NAB reels, but at speeds of 
71/2 ips and 33/4 ips. 
All SL decks mate beautifully with TEAC's new 
100 -Series components and AN -180 Noise 
Reduction Unit for total TEAC systems of 
unexcelled quality. 
The AN -180 not only brings the SL series decks 
up to 10 dB improvement in signal-to-noise 
ratio at 10K Hz, but functions as a simultaneous 
record/playback control center with every 
convenience for mic/line level contrai and mixing. 
It features two large professional VU meters and 
incorporates complete calibration controls, 
individual output controls, and source/tape 
monitoring. 
Ultimately, isn't it better to have TEAC 
penultimates now? 

TE AC- TEAC Corporation of America, 7733 Telegraph Road, Montebello, California 90640 
1EAC. Cc»porat,on, 1-8-1 Nishi-shinjuku, Shinjuku-ku, Tokyo, Japan TEAC EUROPE N.V., Kabelweg 45-47, Amsterdam-W.2, Holland 
In Canada: White Electronic Development Corp., Ltd., Toronto 
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What's New in Audio 

Digitime ES -10 clock 

This electronic digital clock has no mov- 
ing parts and is said to be accurate 
within one minute per year. The walnut- 
cabineted display shows hours, minutes, 
and seconds in numerals which can be 
read up to 40 feet away. Price: $150.00. 

Check No. 1 on Reader Service Card 

Telex 48-H cartridge player 

This stereo tape cartridge changer has 
a built-in 30 -watt amplifier and switches 
and selects 12 8 -track cartridges in four 

.automatic operation modes and skips 
empty spaces. Solid-state circuitry 
features preamp output and tuner input. 
Matching speakers are optional and 
spare magazines are available. Price: 
less amp, $249.00; with amp, $299.00. 

Check No. 4 on Reader Service Card 

Superex EA -500 headset amp 

This solid state stereo headphone 
amplifier can be used as the heart of a 
second system or as a headphone ampli- 
fier applicable for four -channel use. 
Features include front and back panel 
controls and auxiliary speaker output 
terminals. Price: $79.95. 

Check No. 8 on Reader Service Card 

Kenwood KT -7001 AM/FM 
stereo tuner 
This top -of -the -line unit features, a 
frequency linear -type 4 -ganged variable 
capacitor and 3 FETs FM front-end 
together with crytal filters and 4 ICs 
in the FM i.f. stage. The FM audio 
muting control has two steps -10µS and 
50 µS. The FM signal meter can be 
used as a multipath detector and as an 
aid in positioning the antenna. The AM 
section uses an FET and a ceramic 
filter. Specifications are: FM sensitivity 
(IHF), 1.5 µV; FM frequency response, 
20-15k Hz +0, -1.5 dB; FM HD, less 
than 0.25% mono, less than 0.5% stereo, 
and S/N, better than 75 dB at 30 µV 
input, better than 60 dB at 5µV input. 
Price: $279.95. 

Check No. 5 on Reader Service Card 

Old Colony record index 
This recordings index kit consists of 
an adjustable rubber stamp, 2501x1',4 -in. 
pressure sensitive labels, and 250 print- 
ed composer names with dates of birth 
and death. Complete instructions are 
included with the kit. Price: $8.95 
postpaid. 

Check No. 10 on Reader Service Card 

Sherwood FM station directory lists 
all FM stations in the U.S., its posses- 
sions and in Canada first alphabetically 
by city and state (or province) and then 
by assigned frequency. Price: $1.95, 
from Sherwood Electronic, 4300A No. 
California, Chicago, Ill. 60618. 

Olson M-329 microphone 

This cardioid dynamic microphone 
features a slim line design with ON-OFF 

switch, removable stand adapter, and 
a 20 -ft. cable with standard'/4-in. phone 
plug attached. Impedance is 50K ohms. 
Price: $17.95. 

Check No. 14 on Reader Service Card 

Caddco phone -line equalizer 
The Phone-Tatch II electronically 
equalizes the telephone signal to pro- 
duce a response comparable to radio 
broadcast quality on the receiving end. 
It can be used with any standard tele- 
phone to send voice and recordings with 
a flat response. Typical use is by record 
companies wishing to play new releases 
for radio stations. Price: $129.00. 

Check No. 16 on Reader Service Card 
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Approved for 4channel 
Empire's top of the line cartridges now feature new high 
performance parameters designed for 4 -channel capa- 
bility. With even greater frequency response and compli- 
ance than ever before, these cartridges will track at forces 
so low they barely touch your records. 

999VE/X Professional-Recommenced track- 
ing force 1/4 to 11/4 grams. List price $79.95. 

1000ZE/X Measurement Standard-Tracks as 
low as .1 gram in laboratory playback arms. 
List price $99.95. 
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Each 1000ZE %X and 999VE/X cartridge is individ- 
ually adjusted to have a flat frequency response 
within 1 dB from 20-20,000 Hz. Stereo separation 
is better than 35 dB at 1 Hz and remains 25 dB or 
better all the way out to 20,000 Hz. Overall fre- 
quency response is a phenomenal 4-40,000 Hz. 
There are no electrical or mechanical peaks and 
total 1M distortion at the standard 3.54 cm sec 
groove velocity does not exceed .05% at any fre- 
quency within the full spectrum. Uses a .2 x .7 hand 
polished miniature diamond for exceptionally low 
mass. 

Empire cartridges are enthusiastically ac- 
claimed by the experts; for example: 

Stereo Review Magazine who tested 13 dif- 
ferent cartridges rated the 999VE tops in lightweight 
tracking ability. 

Hi Fi Sound Magazine called the 999VE "a real 

100000 

hi-fi masterpiece ... a remarkable cartridge un- 
likely to wear out discs any more rapidly than a 

feather held lightly against the spinning groove." 
High Fidelity Magazine said of the 1000ZE "the 

sound is superb. The performance data among the 
very best." 

Records and Recording Magazine stated em- 
phatically that the 999VE stereo cartridge is "a de- 
sign that encourages a hi fi purist to clap his hands 
with joy." 

FM Guide wrote "...using the 100OZE. It works 
beautifully ... giving great results." 

Audio Magazine observing a remarkable 35 dB 
stereo spread between left and right channels in the 
999VE said "Outstanding square waves. Tops in 
separation." 

Popular Science Magazine picked the 999VE 
hands down as the cartridge for "the stereo system 
I wish I owned" designed by Electronic Editor 
Ronald M. Benrey. 

X designates newest improved version. 
For further details write: Empire Scientific Corp., 
1055 Stewart Avenue, Garden City, N. Y. 11530. 

(!PieJ Mfd. U.S.A. 

World Famous Famous Long Playing Cartridges 
Check No. 9 on Reader Service Card 



Behind The Scenes Bert Whyte 

0 UR FRIEND Joe Audiophile is in 
seventh heaven. His old Aunt 
Nelly remembered him in her 

will, and with the proceeds he has 
purchased his "ultimate" hi-fi system. 
Nothing cheap about Joe ... he has the 
best of everything ... super megawatt 
amplifiers, pre -amps with a plethora of 
controls which can be corrective or 
creative, digital readout tuner, big pro- 
fessional four -channel tape deck (nat- 
urally Joe's system is quadraphonic) 
and last but not least, those ultra wide 
range speakers with low frequency re- 
sponse down in the sub -basement .. . 

the kind that can handle low C organ 
pedal notes with ease. To gild the lily, 
Joe not only has B -type Dolby units, but 
professional A -type Dolby equipment. 
Main reason for this is that Joe has 
managed to wangle some 15 ips copies 
of some classical masters. In breathless 
anticipation, Joe has checked out his 
system to the last quarter -dB, threaded 
the 15 ips tape on his deck, and has 
prepared his ears for the state-of-the- 
art sonorities of his super system. 

The first faint susurations of Ravel's 
"Daphnis and Chloe" are heard from 
the speakers ... molto pianissimo .. . 

and Joe is in a transport of delight, for 
those lovely opening passages are un- 
sullied by tape hiss. The music expands 
and develops, the strings as smooth as 
silk, the woodwinds mellifluous, the 
brass bright and articulate, Joe is really 
flipping now. Such incredible realism! 
Just listen to that flute and WHUMP! 
RUMBLE! Rumble, rumble. What the 
hell is that! Joe jumps up and stops the 
tape, rewinds the tape a bit and hits the 
play button. In a moment, the same ex- 
traneous low frequency noises assault 
Joe's ears. What has happened? Poor 
Joe is the victim of the monitoring 
techniques practiced by many record 
companies, in their studios and on 
location. Now if our disillusioned 
friend Joe had obtained the disc re- 
cording of the tape he was playing, he 
would have found those particular low 
frequency noises he heard on the tape 
would not be audible on the disc. How 
come? Quite simple, really. When the 
disc was cut the frequency response 
below 60 Hz was rolled off quite rapidly. 
Surely not, you say? Well friends, if I 

had a dime for every disc cut like this 
I would be sipping Dom Perignon on 
my yacht! What will really raise your 

eyebrows is that the engineers on this 
recording didn't really hear the low 
frequency noises on their monitor 
speakers and introduced the bass roll - 
off as a precaution and a matter of 
expediency. (With less bass response a 
longer -playing and louder disc can be 
cut) I hasten to add that there are many 
fine discs with response to 30 Hz, as 
evidenced by the excellent reproduc- 
tion of bass drums and organ pedals. 
The use of bass roll -off (and, for that 
11 KHz) is a matter of record company 
policy or the idiosyncrasies of chief 
engineers. In any case, this sonic emas- 
culation is an all too common practice. 

What are these low frequency noises 
that upset Joe? They can be caused by 
quite a variety of sources. Many halls 
in which classical recordings are made 
are afflicted with what is known as 
"room or hall rumble." These noises 
ranging from 60 Hz down to the sub- 
sonic level, are fairly low in amplitude, 
but can readily be picked up by the 
wide range condenser microphones 
generally in use in classical recording. 
You can walk into an empty hall with 
the recording mikes in place and usually 
not hear anything. But activate the 
mikes and listen through headphones 
and you often hear all manner of 
thumps and rumbles. The noises can be 
caused by a peculiarity in the construc- 
tion of the hall and its proximity to 
street traffic and subways. Years ago, 
when we recorded in Carnegie Hall, we 
did not start to record before midnight, 
and the New York subway people fur- 
nished us with a schedule of the trains, 
which at that time of night ran about 
every 27 minutes. Thus, with the sub- 
way literally underneath us, our record- 
ing was done in 27 minute segments! 
In many recordings of the Boston Sym- 
phony that RCA made in Symphony 
Hall, in certain quiet passages you can 
hear the sound of a bus rumbling up 
through its gears, as it pulls away from 
the hall. Naturally, the sound of the 
bus must coincide with a pianissimo 
section for it to be heard. A good ex- 
ample of this is in the first few minutes 
of the low level passages of the Erich 
Leinsdorf recording of Stravinsky's 
Firebird Suite. Contrary to the ideas 
held by many record buyers, RCA does 
not roll -off bass in its disc recordings, 
keeping response fairly flat to 30 Hz. 

Hence, no trouble in hearing the bus in 
those certain passages. 

It is a fact that the monitor speakers, 
mostly of the so-called "theatre -type," 
used by many record companies and 
countless recording studios, have almost 
no bass response below 50 Hz. The 
engineers who use this type of speaker 
just can't hear the low frequency "gar- 
bage" being recorded on their tapes. 
Why then do they use such speakers? 
For one thing, they are usually very 
rugged and reliable. And they can tol- 
erate the high levels at which most 
monitoring is done these days. Of 
course, the over-riding consideration 
is that the disc is going to be rolled - 
off anyway, so who cares? Alas, poor 
Joe cares ... naturally the 15 ips copy 
of the master didn't suffer the bass 
roll -off, so he was subjected to all the 
low frequency problems. 

Most audiophile speakers have a 
better low frequency response than the 
above described monitors, and a fair 
percentage can do a good job of repro- 
ducing bass to a bit below 30 Hz. These 
speakers are equally available to re- 
cording companies as they are to au- 
diophiles, and indeed, some of the 
more enlightened companies do use 
them for monitoring. I should modify 
that a bit by stating that this monitor- 
ing is usually for classical recordings 
in concert halls. When I recorded the 
London Symphony Orchestra and the 
London Philharmonic in Walthamstow, 
my favorite hall in England, I used 
huge wide range speakers with ex- 
tended low frequency response fur- 
nished to me by the famous Gilbert 
Briggs of Wharfedale. The recording 
room (nominally the conductor's "Green 
Room"), physically separate from the 
hall, was draped with rolls of Fiber- 
glas and burlap, to make the room 
quite "dead," as we were interested in 
the acoustics of the hall and not that of 
the hall plus the recording room. These 
speakers, driven by special commercial 
versions of 60 watt McIntosh amplifiers, 
gave us an excellent indication of low 
frequency as well as overall response. 

The question naturally arises: If you 
are using monitor speakers with good 
low frequency response, which allows 
you to hear such things as hall rumble, 
what can you do about these unwanted 
sounds? The obvious answer is that if 
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Dick Sugar's been playing 
his Miracord 1OH's 18 hours 

a week for7years. 

We built our new 660H for people like him 
Dick "Ricardo" Sugar broad- 

casts Latin music over New 
York's WHBI-FM, six days a 

week, three hours a day, from 
his own private studio. For the 
past seven years -6500 hours of 
broadcasting-his studio turn- 
tables have been Miracord 10H's. 

We built the new ELAC/ Mira - 
cord 660H for people like Dick 
Sugar; people who want or need 
the highest quality in a turntable, 
and who want that quality to 
enduré. So the new 660H has 
everything Dick Sugar bought 
his old 10H's for-plus all the im- 
provements we've made since 
we built the 10H. 

A broadcaster like Dick wouldn't settle for anything 
but the long-term speed accuracy of the 660H's hyster- 
esis synchronous motor. Or for an arm that couldn't 
track down to a fraction of a gram with the finest car- 
tridges, or an arm without an ultra -simple overhang 
adjustment to keep distortion nearly imperceptible. 

Dick Sugar might not need the convenience of our 

pushbutton -controlled automa- 
tion (the world's most flexible)- 
he gets more practice playing 
records manually each year than 
most people get in their lifetimes. 
But he'd appreciate the 660H's 
cueing lift; with it, he could float 
the arm right off a record without 
taking his eyes off his clock and 
VU meter. 

What impresses him most 
about Miracord though, is relia- 
bility: "In the seven years I've 
had mine, I've had to replace 
styli, idler wheels and a few 
minor parts. But I've never had 
to send them to the shop. And 

my next turntables will certainly be Miracords-just 
like the ones before these were." 

The ELAC/Miracord 660H. $139.50, less base and car- 
tridge. Another quality product from Benjamin. ELAC 
Division/Benjamin Electronic Sound Corp., Farming- 
dale, N.Y. 11735/a division of 
Instrument Systems Corp. 
Also available in Canada. 

BENjAMIN 
ELAC/MIFiAC0/2C 
Prices subject to change without notice. 

Check No. 11 on Reader Service Card 



Bringing up 
the rear. 

The 
ADC 404A. 
If you've hesitated about 
making the switch to four 
channel because of the 
complications posed by 
rear speaker placement, 
relax. 

We've got the answer. 
It's our ADC 404A. 

The choice of leading 
testing organizations for 
two channel systems, 
this unobtrusive, high 
quality, low cost speaker 
is also the perfect solu- 
tion to the biggest hang 
up in four channel sound 
reproduction. 

The ultra - 
compact 
ADC 404A 
(117/8" x 73/4" 
x 81/4") pro- 
vides the clean, 
uncolored, 
well balanced 
sound nor- 
mally associ- 

ated with far larger and 
more costly systems. 

Best of all, its small 
size and light weight 
enormously simplify 
placement problems. 
Just place a pair on a 
back wall and almost 
before you can say four 
channel, you're hearing 
it. 

And once you've heard 
the 404A, we think you'll 
agree that with ADC 
bringing up the rear, 
you're way ahead. 

Manufacturers suggested retail price $50. 

CI) Pickett District Road, 
New Milford, Conn. 06776 

possible, you change the recording 
venue, to a location where the speakers 
do not reveal room rumble or other 
anomalies. Since this is not always 
practical, such things as sub -sonic fil- 
tering are a help (mainly to eliminate 
their audible harmonics) or narrow - 
band notch filtering, especially if the 
low frequencies have a pronounced 
peak. With audiophile speakers im- 
proving constantly in their low fre- 
quency response, it would behoove the 
engineers of many companies to use 
monitor speakers responsive to the 
entire frequency spectrum. Taking the 
expedient way out, rolling off the low 
frequencies,' does not endear a record 
company to its quality -conscious cus- 
tomers. I can readily sympathize with 
our friend Joe, since I have many 15 

ips copies of masters in my possesion, 
not a few of which are diminished by 

unwanted low frequency junk. I expect 
as usual, I'll get the cry that I am talk- 
ing about a minority situation, and the 
mass public doesn't care, does not have 
the discrimination, and does not have 
the equipment, so why bother about 
this problem. Just remember, it has 
been the cranky audiophile over the 
years who has resulted in the present 
high quality of music reproduction. 
Let's not just look the other way, when 
this is something so easy to correct. 

In reporting on the AES convention 
a few issues ago, and in mentioning the 
unique Neve console/Ampex recorder 
exhibit, I inadvertently left out the fact 
that the special recording made by 
John Woram of Vanguard, was a session 
using all Shure microphones, and paid 
for by Shure. My apologies for this 
omission. /E 

Íll fatYtlOrllllil 

Haskel A. Blair was a leader in the 
field of electronics for 48 years. After 
his graduation from the RCA Institute 
in 1923, he formed Blair Radio Labora- 
tories, developing and manufacturing 
the first commercial resistance -coupled 
radio receiver, which was distributed 
nationally under the name Blair Radio. 

Later Blair withdrew from set manu- 
facture and assisted Sidney Young 
White of Loftin -White in pioneering 
the first direct -coupled amplifier. 
Shortly thereafter, he again went into 
his own business under the name of 
Blair Service Laboratories. Mr. Blair 
then proceeded to further develop and 
manufacture private label amplifier 
lines for Lafayette Radio, Federated 
Purchaser, and other famous mail order 
houses of that day. 

In 1932, Blair teamed with David 
Bogen to design a new line of ampli- 
fiers. These were first marketed under 
the "Supreme Fidelity" label and later 
under David Bogen's name. 

As the company grew, Blair found it 
increasingly difficult to handle both 
sales and engineering responsibilities, 
and finally decided to devote himself 
entirely to sales and administration. 
In 1945, he left Bogen to organize the 
Blair -Steinberg Company, which soon 
became one of the East's largest manu- 
facturer's representative operations. 

In 1959, Blair left his own company 
to assume the presidency of University 
Sound, where he guided the company's 

growth for 10 years. Due to poor health, 
he retired in December 1969. Since his 
retirement, Mr. Blair had been in an 
advisory capacity with University Sound. 

Haskel A. Blair 
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The new ADC-XLM 

Superb performance. 
Lowest mass. 
Unbeatable price. 
And it's guaranteed for 10 years. 

If you're like most audiophiles, 
you've probably spent a great 
deal of time, effort and money 
looking for the "perfect" 
cartridge. 

We know what you've been 
through. After all, we've been 
through it ourselves. 

That's why we're especially 
enthusiastic about our newest 
cartridge, the ADC-XLM. It does 
everything a well designed 
cartridge should do. It may not 
be perfect, but we don't know of 
any that are better, and few that 
even come close. 

Now, we'd like to tell you why. 

The lighter, the better. 
To begin with, it is generally 

agreed that the first 
consideration in choosing a 
cartridge should be low mass. 
And as you may have guessed by 
now, the LM in our model 
designation stands for low mass. 

Not only is the overall weight 
of the ADC-XLM extremely 
low, but the mass of the all- 
important moving system (the 
stylus assembly) is lower than 
that of any other cartridge. 

Translated into performance, 
this means effortless tracking at 
lighter pressures with 
less distortion. 

In fact, used in a well 
designed, low mass tone arm, 
the XLM will track better at 0.4 
gram than most cartridges at 
one gram or more. 

A new solution for an 
old problem. 

One of the thorniest problems 
confronting a cartridge designer 
is how to get rid of the high 
frequency resonances common 
to all cartridge systems. 

Over the years, various 
remedies have been tried with 
only moderate success. Often the 
cure was worse than the disease. 

Now thanks to a little bit of 
original thinking, ADC has come 
up with a very effective solution 
to the problem. We use the 
electromagnetic forces generated 
within the cartridge itself to 
damp out these troublesome 
resonances. We call this self- 
correcting process, "Controlled 
Electrodynamic Damping;' or 
C.E.D. for short. 

And if it seems a little 
complicated, just think of C.E.D. 
as a more effective way of 
achieving lower distortion and 
superior tracking, as well as 
extending frequency response. 

Naturally, there's much more 
to the new ADC-XLM, like our 
unique induced magnet system, 
but let's save that for later. 

Guaranteed reliability plus. 
At ADC we've always felt that 

reliability was just as important 
as any technical specification. 
That's why we now guarantee 
every ADC-XLM, exclusive of 
stylus, for a full ten years. 

But this unprecedented 

guarantees involves something 
more than just an assurance of 
quality. It is also an expression 
of our conviction that the 
performance of this cartridge is 
so outstanding that it is not likely 
to be surpassed within the 
foreseeable future. 

And something more. 
In addition to the superb 

ADC-XLM, there is also a new 
low mass ADC-VLM, which is 
recommended for use in record 
players requiring tracking 
pressures of more than one gram. 
The cartridge body is identical 
for both units, and so is the 
guarantee. Only the stylus 
assemblies are different. Thus 
you can start out modestly and 
move up to the finest and still 
protect your investment. 

And that brings us to the 
important question of price, 
which we are happy to say is 
significantly lower than what 
you might reasonably expect to 
pay for the finest. The suggested 
list price for the incomparable 
ADC-XLM is $50 and the 
runner-up ADC-VLM is 
only 540. 

But no matter which low mass 
ADC you choose, you can be 
certain that they share the same 
outstanding characteristics... 
superb tracking, very low 
distortion and exceptionally 
smooth and extended 
frequency response. 

*We guarantee (to the original purchaser) this ADC cartridge, exclusive of stylus assembly, to be free of manufacturing defects for a ten year period from 
the date of factory shipment. During that time, should a defect occur, the unit will be repaired or replaced (at our option) without cost. The enclosed 
guarantee card must be filled out and returned to us within ten days of purchase, otherwise this guarantee will not apply. The guarantee does not cover 
damage caused by accident or mishandling. To obtain service under the guarantee, simply mail the unit to our Customer Service Department. 

Tudio Dynamics Corporation 1 Pickett District Road, New Milford, Connecticut 06776. 
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Dear Editor 
Mr. Allison Replies 
The following is in response to a 
letter from Philip Bond, which ap- 
peared in the January "Dear Editor:" 
column. 

Mr. Bond has touched on a basic 
problem in sound reproduction: What 
is heard as reproduced sound is the 
product of many processing steps. These 
include the concert hall (sometimes!), 
microphones, tape machines, mixing 
consoles, reverb devices, equalizers 
and cutters, stampers, the disc/pickup 
cartridge interaction, playback elec- 
tronics, playback loudspeaker systems, 
and the listening room. 

The response characteristics of many 
of these processes are known accurately 
and are controllable by the recording 
engineer. But he cannot control the 
characteristics of the playback system, 
and the one thing he can be certain of 
in respect to it is that the response is 
not flat. 

What little work has been done on 
studies of loudspeaker/living room 
interaction demonstrates that the per- 
ceived sound field is primarily the total 
power output of the loudspeaker system, 
integrated and somewhat modified in 
balance by the room itself. On this 
basis, there are no flat loudspeaker 
systems in common use and there 
never have been. Even those with rel- 
atively flat direct -wave output, on axis, 
roll off in power response at the high 
end. 

Monitor speakers are no better. 
Many are a good deal less flat than 
the best home -type systems. 

Ideally every element in the repro- 
duction chain should be flat, with de- 
viations from flatness (when desired) 
controllable by the user. This should 
include loudspeakers too, of course. 
But even if it were practical to make 
such loudspeaker systems at reasonable 
prices-which it is not-what could 
be done about the hundreds of millions 
of loudspeakers in use now, all of which 
do have rolled -off high frequency power 
output? 

The answer is that you continue to 
make records that sound properly bal- 
anced when played on these loudspeaker 
systems, or you won't sell records. Thus 
records will continue to have inherently 
a `brighter" balance than is intended 
by the recording engineer to be actually 
heard. That will be true of `concert" 
recordings, jazz and chamber recordings, 
and even ambience -type four -channel 
recordings. Playing such records at 

home on truly flat loudspeaker systems 
will produce a sound considerably 
brighter than the producer had in mind. 

How do you break this self-perpetu- 
ating cycle? I don't know; it seems un- 
likely that it could be broken suddenly 
even if the loudspeaker technology were 
ready to break it. More than likely it 
will be a slow, evolutionary change. 
That prospect is the reason why AR's 
new LST monitor speaker system, the 
first system that is capable of flat acous- 
tic power response up to extremely high 
frequencies, is equipped with a selector 
switch to yield optional degrees of high 
frequency roll -off as well as flat out- 
put. 

Wants Cylinder Phono 
Dear Sir: 

I would like to obtain a cylinder 
phonograph (Edison or other) and 
would like to know if you are aware 
of any source in Canada or the U.S. 
where I might obtain such. 

Dave Noon 
19 Honeysuckle Cr. 
London, Ont., Canada 

Living -Room Room 
Dear Sir: 

In four -channel stereo, there is a big 
question about its feasibility in use: 
Who has a living room in which they 
can put four speakers without upsetting 
the entire furniture arrangement in the 
room? 

Also, if a person is married, such as 
myself, is his wife going to stand for 
two more speakers in the living room? 
Especially if the speakers are each 3 

by 5 feet? 
And, another question I would like 

to have answered: How can you get 
the best results unless you sit in a 
chair (by yourself?) in the middle of 
the living room with all four speakers 
the same distance from you? 

With all these questions, I wonder if 
four -channel stereo is practical. 

Jodie Selzer 
Pico Rivera, Calif. 

1000 -Mile FM Tuner? 
Dear Sir: 

I was duly impressed with the No- 
vember AUDIO review of the Sherwood 
SEL -300 tuner. Unfortunately, I do 
not believe technical perfection in FM 
reception is an end in itself. 

Here in the wilds of western Penn- 
sylvania, I find little that is worth- 

while in FM programming, regardless 
of fidelity. There is a seemingly endless 
parade of manic disc jockeys, redun- 
dant rock bands, elevator music, Nash- 
ville city -billy, and conventional as- 
sembly -line pop music. There is only 
one local station that offers classical 
music daily, and it is strictly monaural 
and often low -fi as well. 

I own a receiver with a fairly sensi- 
tive, noise -free and distortionless tuner, 
but it is usually turned off, period. 
Thank God for phonograph records! 

M. G. Balfour 
Monroville, Pa. 

Well, one of the advantages of a 
highly sensitive and selective tuner is 
the ability to receive worthwhile pro- 
grams in fringe areas. Who knows, 
maybe you could even get Cleveland 
with a good tuner.-Ed. 

We Like You Too 

Dear Sir: 
Just to say thanks for the valuable 

information. Your magazine has saved 
me not only time and research, but 
money as well. I only wish that other 
publications could offer as much as 
AUDIO has given. Please keep it up. 

Demrey Berliner 
Wald Port, Ore. 

Beating Inflation 
Dear Sir: 

Subsequent to my agreement to re- 
new, I decided that I wouldn't save 
anything because of inflation. I still 
feel that way, but I have so enjoyed 
the last several issues that I decided 
to pay up as an endorsement of your 
editorial policy. Keep up the good 
work. 

Phil Blair 
Euclid, Ohio 

$ For Tapes $ 
Many readers must have tapes which 

they are particularly proud of. AUDIO 
will pay $50.00 for the best tape of the 
month-cassette or reel-to-reel. They 
will be judged on technical excellence 
and content. Selected tapes can be pro- 
cessed and marketed-if the owner 
wishes. Who knows, that old tape may 
make you a fortune! Please mark your 
entries TAPE COMP. and send them to 
AUDIO, 134 No. 13th St., Philadelphia, 
Pa. 19107. 
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SONY achieves 
true integration 

In all too many transistor integrated amplifiers, the 
preamp stage does not quite live up to the per- 
formance of the amplifier section. 

Not in Sony's new TA -1130. Thanks to an FET 
front end, this integrated package has a preamp 
stage that really does full justice to its output section. 

Why FET's 
For the same reason that we use them in our tuners 
and receivers, and in our studio professional con- 
denser microphones; because FET's have a far 
wider dynamic range than ordinary transistor types. 

And the preamplifier needs that range. Because it 
to handle the lowest - has to be sensitive enough 

output, moving -coil car- 
tridges, yet still accept the 
highest output cartridges 
without overloading. (The 
power amp has it easier: 
you keep its input level 
fairly constant with your 
volume control.) 

Power to Spare 
But if the power amplifier 
doesn't need that range, 
it does need power. The 
output section of TA -1130 
has it: 230 I H F watts (into 
4 ohms),with continuous power rated at 65+65 watts 
into 8 ohms. (With all that power, we made sure that 
both transistor and speaker protection circuits were 
included.) 

SONY F.E.T. Amplifier 

Nothing Stands Between You and the Sound 
Both sections are powered by balanced positive 
and negative supply voltages (not just positive and 
ground), so there need be no coupling capacitors or 
interstage transformers between you and the sound. 

Without them, the TA -1130 can extend its power 
band width down to 7 Hertz, and actually exceed its 
rated damping factor of 100 all the way down to 5 Hz. 

An Abundance of Audiophile Conveniences 
Of course, the TA -1130 has all the control facilities 
that you could ask for: low and high filters, tape 
monitor, a speaker selector, and even an Auxiliary 
input jack on the front panel. The selector switch is 

Sony's instant -access knob - 
and -lever system. 

There's even provision 
to use the TA -1130's power 
amp and preamp sections 
separately, to add equal- 
izers, electronic cross- 
overs, or 4 -channel adapt- 
ers to your system. 

In fact, you can even get 
the power output section 
separately, as the model 
TA -3130 basic amp. It 
makes a great match for 
our TA -2000 F preamp, too. 

Your Sony dealer has both models available, and 
at down-to-earth prices for the performance they 
offer. Sony Corporation of America, 47-47 Van Dam 
Street, Long Island City, New York 11101. 
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Editor's Review 

OME OF THE NEW amplifiers are listed on 
Spages 47 to 49, and it will be apparent that 
there is a definite tendency for higher and 

higher powers. This trend can be seen on the other 
side of the Atlantic too-although what is con- 
sidered low to medium power here would be rated 
high in Europe! Incidentally, the output powers 
are listed in rms watts. To be strictly accurate- 
and why not?-it must be said that this expression 
is a misnomer. There ain't no sich animal. What 
is really meant is not a root -mean -square power, 
but the power equivalent to the rms voltage mea- 
sured across the appropriate load resistance. 
Another instance where standardization is re- 
quired. 

Dynamic Testing 
On page 46 in the "Q and A" article, I made a 

passing reference to a bridge system of amplifier 
evaluation developed by the British Acoustical 
(Quad) Company. As we go to press (this page is 
always written last!), more details arrived and so 
an article on this ingenious device will appear in 
the March issue. We have known for many years 
that sine wave amplifier tests were unsatisfactory, 
that square waves and pulse measurements do not 
tell the full story, and what was needed was a 
scientific, repeatable method of testing under 
speech and music conditions. The Walker bridge 
might be too complicated for reviewing ampli- 
fiers, but it would be an ideal lab tool for de- 
signers. 

Crown Fire 
Fire Thanksgiving Day caused an estimated 

$1 million or more damage at Crown Interna- 
tional, Elkhart, Indiana. Approximately 60 per- 
cent of the facility was completely destroyed, 
despite the efforts of eight fire departments which 
were called to battle the blaze. Crown officials 
noted at press time that production had already 
started again and would be at pre -fire levels before 
the first of February. 

Quadraphonics 
The quadraphonic position is still indeterminate 

with each matrix advocate thoroughly convinced of 
the superiority of his own system and the Discrete 
School saying "a plague on all your houses." I 

have had several decoders in my home for some 
weeks now but suitable discs have been hard to 
come by. All I can say is this: The old E -V system 

worked fine on E -V recordings, but tended to lose 
bass when used with two -channel records. It is 
caused by phase cancellation and does not happen 
with the later version (Stereo 444) or the CBS SQ 
system. This produces an impressive surround 
sound with two -channel program sources and 
achieves good separation with SQ discs. The sense 
of location with the David Frost demonstration 
record is uncanny. Not as good as discrete four - 
channel tapes-but perfectly acceptable. So far 
only three of the new SQ releases have been re- 
ceived and these were a little disappointing. One 
is Barbra Streisand's "Stoney End" and here 
we have Barbra up front with background singers 
mostly at the rear. Nice, but not exciting. The 
second record is "Indian Reservation" by The 
Raiders. Unfortunately this one was spoiled by 
too much intentional distortion (fuzz?) and was 
quite painful to listen to. The third record is 
Santana's "Abraxas." Here, the listener is placed 
right in the middle of the performers. If you like 
Santana (a 120 dB Cuban rock group), you'll 
find it an exciting experience-I found it shatter- 
ing.... Curiously enough, one of the records I 
liked best with the SQ decoder was made by ABC 
using the Sansui system. It is "Welcome to 
Vienna" by Beverly Sills with the LPO. The rear 
channels supply reverberation and ambience, and 
the effect is absolutely delightful. Before leaving 
the topic of quadraphonic sound, I ought to con- 
gratulate Bill Putnam of URC (United Recording 
Co.) for producing a most useful disc. Bill re- 
corded the same pieces with four different systems 
for comparison purposes-the Sansui, E -V, CBS, 
and UMX. The only snag is you need all four de- 
coders for really serious evaluation. Incidentally, 
the UMX stands for Duane Cooper's Nippon - 
Columbia system. More about this one later, with 
a report on the URC record. 

Humor in Advertising 
Wily engineers in Japan, Taiwan, Hong -Kong, 

and points West have used considerable ingenuity 
in squeezing transistor radios into the most un- 
likely places-books, cameras, clocks, cigarette 
lighters, and so on. I take the following from a 
TEAM catalog, "ALLIGATOR-inside this green 
and yellow alligator lies a radio! One eye turns 
him ON or OFF, the other a tuning dial. Sound 
comes from the scales on his back." And this one, 
"TOY SOLDIER-flip his ear and listen through 
his hat for AM entertainment." Ideal for com- 
mercials, I suppose. G. W.T. 
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The Pick -Up Pros. 

cam- 

Artie Altro makes the WOR-FM sound, while Eric Small, 

WOR-FM, the country's leading FM/Stereo 
rock station, has been using Stanton cartridges 
since its inception. 

Program Director Sebastian Stone likes the 
smooth, clean sound the Stanton delivers; the way 
it is able to pick up everything on the record so that 
the station can assure high quality transmission 
of every recording. 

Eric Small, Chief Engineer for WOR-FM, 
likes the way that Stanton cartridges stand up under 
the wear and tear of continuous use. "We stan- 
dardized on Stanton a couple of years back," 
Small said, "and we haven't had a cartridge failure 
since. Studio Supervisor Artie Altro concurs. 

Whether you're a professional or simply a 
sincere music lover, the integrity of a Stanton 
cartridge delivers the quality of performance 
you want. 

There are two Stanton professional 
cartridge series. The Stanton 681 Series is engi- 

Sebastian Stone and Promotion Director, Kim O1ian look over a new album. 

neered for stereo channel calibration in record 
studios, as well as extremely critical listening. The 
500 AL Series features design modifications which 
make it ideally suited for the rough handling 
encountered in heavy on -the -air use. In fact, among 
the nation's disc jockeys it has become known 
as the "industry workhorse." 

All Stanton cartridges afford excellent 
frequency response, channel separation, compliance 
and low mass and tracking pressure. And every 
Stanton cartridge is fitted with the exclusive 
"longhair" brush to keep grooves clean and protect 
the stylus. They belong in every quality repro- 
duction system-broadcast or high fidelity. 

For complete information 
and specifications on Stanton 
cartridges, write Stanton 
Magnetics, Inc., Terminal Drive, 
Plainview, L.I., N.Y. 11803. sTanrTon 

All Stanton cartridges are designed for use with all two and four -channel matrix derived compatible systems. 
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The Measurement of Loudness 

Harry F. Olson* 

HE ULTIMATE significant sub- 
jective destination of original or 
reproduced sound and noise is 

the human ear. Therefore, the varied 
responses of the auditory system are 
particularly important factors in the re- 
production of sound. One of the re- 
sponse functions of the human hearing 
mechanism is loudness. The purpose of 
this paper is to describe a loudness 
meter based upon the fundamental 
principles of the loudness response of 
the human hearing mechanism. 

When a sound or noise of any quality 
or structure impinges upon the human 
ear, the magnitude of the resultant 
sensation is termed the loudness. It is 
the intensive attribute of an auditory 
sensation in terms of which sounds may 
be ordered on a scale extending from 
soft to loud. Loudness depends pri- 
marily upon sound pressure but it also 
depends upon frequency and waveform 
of the stimulus. The units on the scale 
of loudness should agree with common 
experience estimates about the magni- 
tude of the sensation. The measurement 
of loudness is a significant part of the 
audio art because the loudness of a 
sound or noise plays an important role 
in the reproduction of sound. 

Loudness is functionally related to 
sound pressure level, frequency, and 
waveform. Turning this around, the 
sound pressure level as measured by a 
sound level meter does not indicate the 
loudness of a sound. However, a con- 
version can be made in the readings of 
a sound level meter employing octave 
band pass filters to obtain the loudness. 
This is indeed a long and tedious pro- 
cess, as the exposition in this paper 
will show. What is required is a loud - 

RCA Laboratories, Princeton, N.J. 

ness meter that indicates the loudness 
of a sound in real time. Furthermore, 
the loudness indication should agree 
with the loudness as perceived by the 
listener. 

There are many uses for a loudness 
meter. For example, the loudness meter 
can be used to monitor the loudness of 
an audio program so that the peak per- 
missible levels of all manner of audio 
program material will provide the same 
loudness to the listener. In the pro- 
duction of contemporary recorded music 
one of the objectives is to obtain the 
maximum loudness. For a certain max- 
imum amplitude level of the signal, 
which is determined by the constraints 
of the record, a loudness meter can be 
employed to obtain the maximum pro- 
gram loudness by modifications of the 
frequency balance and timbre present 

in the signal. There are many other 
uses for the loudness meter in the mea- 
surement of sounds and noises. 

Loudness Scale 
The establishment of a loudness scale 

is a very complicated matter. A large 
number of investigators in many coun- 
tries have carried out research on the 
loudness of a complex sound. A detailed 
description of the work is beyond the 
scope of this paper. Therefore, only the 
basic data on loudness required for the 
development of a loudness meter will 
be presented. 

The unit of loudness is the sone. A 
sone is defined as the loudness heard 
by typical listeners when confronted 
with a 1000 Hz tone at a sound pres- 
sure level of 40 phons. 

The loudness level of a sound is given 
by 

where 

P = 201og10 
Po 

loudness level, in phons, 
measured sound pressure, 
in microbars, and 

po = a sound pressure of 
0.0002 microbars 

P= 
P = 

The loudness level of a sound or 
noise is expressed as n phons, when it is 
judged by normal listeners to be equally 
loud compared to a pure tone of fre- 
quency 1000 Hz consisting of a plane 
progressive sound wave radiating to the 
observer, the sound pressure of which 
is n (decibels) above the standard ref - 
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Add another ctassic to your library from Sony/Superscope 
...the bookshelf -size Sony model 543 three -motor three - 
head sereo tare deck. 

Get dl of these outstanding Sony fe tture. it :he most beau- 
tifully compact, beautifully priced {$34) 45) Three -motor 
tape J.eck on the market today. 
Three Motors. One precisely controls tap: speed and two 
provide ultra -fast rewind and fast-farward modes for opti- 
mum tape hand ng ease. 
Three Heads. Separate erase, record and -play heads give 
better frequency response and also pr_wide for tapelsource 
monitE: ring. allowing you to check the qt. alit of a recording 
while in progress. 
Built io Sound.i-Sound and Echo. Switcl- ing networks on 
the fmnt panel facilita:e professicnni ectc and multiple 
sonni-on-soun 1 recording without rec ailing external patch 
cords and mixer. 

Shakespeare. Dickens. Stevenson. 
Sony. Balzac. 

MidLine Mixing. Dual concen_ric level controls regulate the 
record levels of microphone Wind line inputs independent y 
also allowing simultaneous mGc and recd rd. 
Two Large Illuminated VL Meters - calib 
stardards. 
Plus Lever Action Solenoid Controls. 

Also ask atour the Sony 65C (two - 
track: $475.30. Quarter -track: 
$449.95) & Sony 850 ($795.00) at 
your Sony/Superscope dealer. 
After all, when it comes to 
tape recordes Sony wrote th. 
book. 
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Fig. 3-The frequency response characteristics of the octave band pass filters. 
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Fig. 4-Schematic diagram of a sound level meter for measuring the sound level in 

an octave. 

erence sound pressure of 0.0002 micro - 
bars. 

The relation' between loudness in 
sones and loudness level in phons is 
given by 

S = 2(P-40)/10 
where S = loudness, in sones and 

P = sound pressure level, in 
phons, given by equa- 
tion 1. 

The relation between the loudness in 
sones and the loudness level in phons 
is shown by the graph of Fig. 1. 

The relation between loudness in 
sones and sound pressure in microbars, 
shown by the graph of Fig. 2, indicates 
that there is a nonlinear relationship 
between the loudness in sones and 
sound pressure in microbars. 

Measurement Of Loudness 
In order to provide a measure of the 

loudness for the complex sounds of 
speech, music, and noise, there must 
be a means to separate the complex 
sounds into manageable segments. In 
particular, to establish the loudness of 
a complex sound, at least three speci- 
fications must be available as follows: 

1. A scale of subjective loudness. This 
is termed the sone scale described in 
the preceding section. 

2. The equal loudness contours for 
discrete frequency bands of the com- 
plex sound. 

3. The rule by which loudness adds 
as the discrete frequency bands of the 
complex sound are added. 

If specifications 1, 2 and 3 can be 
established, then the loudness of the 
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complex sounds of speech, music, or 
noise can be determined. The objective 
and subjective information2.3,4 relating 
to the specifications of items 1, 2 and 3 
have been established by investigators 
concerned with the subject of loudness. 
Furthermore, these investigators have 
shown that the loudness of a complex 
sound can be determined from the phys- 
ical data on the complex sound in con- 
junction with the specifications of items 

1, 2 and 3. 
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The specific method for determining 
the loudness of a complex sound is to 
split the audio frequency range into 
frequency bands. This is a complex pro- 
cedure in which the complexity increases 
with the number of frequency bands. 
From a practical standpoint there should 
be as few frequency bands as possible 
without sacrificing frequency selectivity. 
A suitable frequency band appears to 
be the octave. The frequency response 
characteristics of the octave band pass 
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Fig. 6-Schematic diagram of the elements of a loudness meter. 
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Fig. 7-The relation between the loudness index and the sound pressure in micro - 
bars for the octave bands of Fig. 3. 

filters employed in this development 
project are shown in Fig. 3. 

The system for determining the sound 
pressure level in the eight different 
octave bands in the audio frequency 
range is shown in Fig. 4. 

When the sound pressure level in each 
octave band has been measured, the 
next step is the proper summation of 
these data to provide the total or over- 
all loudness of the complex sound. In 
this investigation and development, the 
procedure selected for calculating the 
loudness of a complex sound is the one 
developed by S.S. Stevens.' This is also 
the standardized procedures as given 
in ISO -R532 Method A. In accordance 
with this Standard, the relation between 
the total loudness and the loudness in- 
dex in each octave band is given by 

ST = 0.7 SM + 0.3eS 
where ST = total loudness of the com- 

plex sound, in sones, 
S = loudness index in each oc- 

tave band, and 
SM = greatest of the loudness 

indices. 
The loudness index is obtained from 

the graph of Fig. 5. The sound pressure 
level in each octave band is determined 
by means of the system of Fig. 4. Em 
ploying the geometric mean frequenc 
for each octave band, the loudness in- 
dex for each octave band is determine 
from Fig. 5. Then the total loudness o 
the complex sound in sones is computed 
by means of equation 3. 

y 

d 
f 

Loudness Meter 
To provide a loudness meter requires 

an automated instrumentation of Fig. 4 
incorporating the data of Fig. 5 and the 
procedures of the preceding section 
operating in real time. Specifically, 
equation 3 shows that the loudness me- 
ter must provide the following: the 
measurement of the loudness index in 
each channel, the summation of the 
loudness indices in all the channels, the 
selection of the channel with the great- 
est loudness index, the proper relation 
and summation of the sum of the loud- 
ness indices and the highest loudness 
index, and an indicating meter with the 
proper dynamics to depict the loudness 
of the complex sound in sones from the 
summation input. 

A schematic diagram of the loudness 
meter' is shown in Fig. 6. The signal in- 
put is fed to eight octave band pass fil- 
ters. The frequency response charac- 
teristics of the filters are shown in Fig. 3. 
The output of each band pass filter is 
followed by an amplifier coupled to a 
rectifier, which in turn is followed by 
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a microbar-to-loudness-index converter. 
The input-output characteristics of the 
eight microbar-to-loudness-index con- 
verters are shown in Fig. 7. These con- 
verters are in the form of nonlinear 
active elements as a part of operational 
amplifiers and their output is fed to a 
d.c. amplifier. The output of these am- 
plifiers provides the loudness index for 
each octave channel, and the loudness 
index outputs from the eight channels 
are added by means of separate direct 
current amplifiers and fed to the at- 
tenuator coupled to integrating network 
and the sone meter. In order to deter- 
mine the channel with the highest out- 
put, the eight microbar-to-loudness- 
index converters are fed to differential 
electronic gates in the form of a net- 
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Fig. 8-The integrating network and 
high speed meter of the loudness meter. 
The graph depicts the relation between 
the loudness in sones and the length of 
the tone pulse in milliseconds. 

work tree, the output of which is fed to 
an attenuator coupled to the integrating 
network and the sone meter. The two 
attenuators are adjusted to obtain the 
correct values of 0.7SM and 0.3E S. Un- 
der these conditions the sone meter will 
indicate the loudness in sones of an 
audio signal input to the loudness meter. 

The remaining and very important 
subject is the dynamics of the amplitude 
characteristic of the indicating meter. 
The amplitude response of the indicat- 
ing meter system should correspond to 
the ear response to individual, repeti- 
tive and overlapping short, medium, and 
long time pulses of sound and contin- 
uous sounds. Since most sounds of 
speech and individual musical instru- 
ments are of short duration, this then 
becomes a very important problem. The 
basic question is the loudness of a com- 
plex sound as a function of the time the 
sound persists. Obviously, a short pulse 
of sound of amplitude equal to a long 
pulse of sound will exhibit a lower 
loudness level. From published data 
and data obtained from this develop- 

ment (loudness as a function of the time 
length of the sound pulse), the graph 
shown in Fig. 8 was drawn. As would 
be expected, the loudness of a relatively 
short time pulse of sound decreases with 
the duration of the time of the pulse. 
This data was used to develop an inte- 
grating network in conjunction with a 
high speed indicating meter. A block 
diagram of the integrating network and 
the high speed meter for indicating the 
output of the loudness meter in sones is 

shown in Fig. 8. The integrating net- 
work consists of active growth and decay 
networks applied to an operational am- 
plifier. Since the main intended ap- 
plication for this meter was the deter- 
mination of the loudness of speech and 
music, the integrating network was 
tailored to provide the correct indication 
of loudness for this type of program 
material. 

The signal input to the loudness meter 
should correspond to the level of the 
reproduced sound. For example, the 
average listener prefers a loudness level 
of the reproduced sound of 80 phons. 
The input to the loudness meter should 
be adjusted so that a level of 80 phons 
will give an indication of 16 sones. 

Performance Of The Loudness 
Meter 

A large number of subjective tests 
have been carried out to determine the 
performance of the loudness meter em- 
ploying reproduced speech and music. 
A few of the tests and results will be 
described. 

Test No. 1. The reproduced sound 
level of a musical program was varied 
over wide limits. The observers agreed 
that the indication of the loudness me- 
ter agreed with their sensation of loud- 
ness. 

Test No. 2. The reproduced sound 
level of a speech program was varied 
over wide limits. The observers agreed 
that the indication of the loudness meter 
agreed with sensation of loudness. 

Test No. 3. The same musical program 
was reproduced in highly compressed 
and uncompressed conditions. The com- 
pressed program was reproduced at a 
level of 2 dB lower than the uncom- 
pressed program as read on a conven- 
tional volume indicator (VU meter). 
The loudness meter indicated a level 
3 sones higher for the compressed pro- 
gram. Here the two meters indicated a 
reversal in the readings. The subjective 
evaluation by the observers agreed with 
the loudness meter. This shows the con- 
ventional volume indicator does not in- 
dicate loudness. 

Test No. 4. Speech was recorded at 
a low speaking level and at an almost 

shouting level. The two were reproduced 
at the same top level of 80 dB as indi- 
cated by a conventional volume indi- 
cator (VU meter). The shouting speech 
indicated a higher loudness on the loud- 
ness meter. Again the observers agreed 
with the loudness meter. 

Test No. 5. Employing a contempo- 
rary musical program, the loudness me- 
ter was used to provide the maximum 
loudness for the same peak level as the 
unchanged program. The main oper- 
ations were compression and changes 
in the frequency distribution. Employ- 
ing a reproduction peak level of 85 dB 
as indicated on a peak reading level 
meter, the modified program indicated 
a loudness 6 sones higher than the un- 
modified program. This is an increase 
in loudness level of 6.7 phons which is 
indeed a considerable increase in the 
sensation of the loudness. 

Summary And Conclusion 
A loudness meter has been described 

which indicates the loudness of an audio 
signal. Since the ultimate significant 
subjective destination of all original or 
reproduced sound is the human ear, a 
meter which indicates the loudness as 
perceived by the ear is an important 
audio instrument. For example, the 
loudness meter will become a very use- 
ful tool for determining the loudness of 
any simple or complex sound or noise, 
for monitoring the maximum permis- 
sible level of all manner of audio pro- 
grams, for obtaining the maximum loud- 
ness of an audio program for a certain 
maximum peak level, etc. 

The author wishes to express his ap- 
preciation to R. A. Hackley, D. S. 

McCoy, and D. G. Murray for con- 
tributions to the development work of 
the loudness meter. /E 
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Citation wins 
atHialeah! 

Several months ago, an independent testing 
service pitted "four of the best stereo amplifiers 
on the market" against each other. 

The judges were the people from the Sound 
Publications Company of Hialeah, Florida- 
a group of professional audiophiles dedicated to 
finding out what's right and wrong with high- 
fidelity equipment. They publish their findings 
in the highly -respected Hi-Fi Newsletter.* 

As you already know, we won. But in contests 
like this, it's not just whether you win or lose, 
but how they conduct the contest that counts. 

The Sound Publications people conducted 
comparisons of the four amplifiers in three 
different areas. 

In high frequency response, Citation took 
an early lead. "This unit not only does not 
`sweeten' nor `brighten' in any way the upper 
range but presents it in a razor-sharp, 
crystal-clear way..." Out of a possible four 
points, only Citation scored four points. 

In low frequency response, Citation withstood 
a stiff challenge. "It not only brought out the best 
of the deepest bass material that we fed it via 
our master tapes, but it did it with less apparent 
effort and strain than the others:' Again, Citation 
alone scored the maximum four. 

Finally, in transient response, Citation won 
going away. It "was able to impart an impact and 
thrill to staccato brass and complex orchestral 
climaxes, without slurring the transient 
content we always come to expect in a live 
performance:' Once again,Citation alone scored 
the maximum four. 

Of course, no one contest will resolve forever 
the question of which is the single best amplifier 
in the world. 

But if you haven't reached a decision yourself, 
you may be interested in the decision of the 
experts at Hialeah: 

"It is only rarely that we have the pleasure 
of finding no faults at all with a piece 

of hi-fi equipment.... Well, we now have that rare 
pleasure with the Citation Twelve Stereo Power 
Amplifier:' 

If the professional fault-finders couldn't find any, 
chances are you won't either. 

For full details on the contest, including the 
identities of the losers, write us. We'll also send 
you full details on the winner, plus full details on 
the Citation preamplifier and speakers. 

Harman-Kardon Inc., Dept. K, 55 Ames Court, 
Plainview, N.Y. 11803. harman kardon 

A subsidiary of Jervis Corporation 

The Music Company 
Check No. 23 on Reader Servuce Card 

°The Hi-Fi Newsletter. PQ. Box 593, Hialeah, Fla. 33011. 



A /00ñ/att AmpliÑer design 

TxIS ARTICLE DISCUSSES some of 
the requirements modern high 
fidelity systems impose on the 

power amplifier. Renewed efforts to 
cope with previous shortcomings in 
power amplifier performance has led 
to a whole host of new technical prob- 
lems and, necessarily, solutions. These 
problems, their recognition, their prac- 
tical solutions, and their significance 
will be examined within the framework 
of existing power amplifier technology. 

The author is an audiophile, a true- 
blue, dyed-in-the-wool high-fidelity 
enthusiast, lover of instruments and 
instrumentalities, lavishly scored or- 
chestral showpieces, choruses and ca- 
thedrals. The sonic details of a single 
drumroll can put me into a state of rap- 
ture that Timothy Leary himself would 
have envied. I have searched, like Sir 
Gallahad for the Holy Grail and T.R. 
Thompsont for the Lost Chord, for the 
low frequency pedal note that would 
leave the trolls of Ireland impotent. I 
have sought high frequency perfor- 
mance that would interest and please 
any passing bat. In short, I am a music 
lover for whom the quest for realistic 
reproduction of music has taken on a 
consuming devotion. 

A look at the best of the available 
basic power amplifiers discloses that 
bandwidth, distortion, and noise figures 
extend far beyond the limits of audi- 
bility, and in some cases, even the limits 
of laboratory measureability. It might 
be concluded that power amplifiers 
have reached such levels of perfection 
that further advances could not possibly 
tActually, it was Adelaide Proctor. (Ed.) 

'President and Director of Advanced Projects, 

Phase Linear Corp. 

Robert Carver* 

provide any audible improvements and 
would be simply "gilding the lily." In 
any event, it would seem, for example, 
that decreasing distortion from 0.5% 
to 0.05% or increasing the signal-to- 
noise ratio from 90 dB to 93 dB (twice 
as quiet) would not have any audible 
effect. 

This conclusion might be justified 
because the deviations from perfection 
introduced by the rest of the signal - 
processing chain (speakers, cartridges, 
and record surfaces) are several orders 
of magnitude greater than those intro- 
duced by the virtually perfect (by com- 
parison) power amplifier. Further, it 
would seem reasonable to assume that 
two different amplifiers whose speci- 
fications in terms of power, distortion, 
frequency response, crosstalk, etc., are 
almost identical should be sonically 
indistinguishable from one another 
when compared in listening tests. 

However, high fidelity enthusiasts 
have long observed that different am- 
plifiers do, in fact, sound different and 
that some amplifiers seem to deliver a 
more robust low end along with sweeter, 
silkier highs. Yet their specifications, 
together with extensive laboratory test- 
ing and analysis can reveal no logical 
reason. A mystery. An engineer recog- 
nizes that a mystery is really only a 
lack of understanding born of insuffi- 
cient data or the incomplete evaluation 
of existing data. In the case of the high 
fidelity power amplifier, it is simply 
that the human ear is capable of hearing 
and resolving on -going musical detail 
that has somehow eluded vast arsenals 
of laboratory test equipment. 

Our own experiences are illustrated 
in the following experiments and ex- 

amples. Extended listening comparisons 
have resulted in several interesting ob- 
servations. First certain high quality 
transistor amplifiers "sounded bet- 
ter" by a small margin than high quality 
transistor amplifiers of identical power 
rating, in spite of the fact that the lat - 
ter amplifiers had far "better" elec- 
trical specifications in terms of dis- 
tortion, damping, bandwidth, etc. This 
difference in subjective sound quality 
was particularly dramatic when listen- 
ing to high quality speaker systems using 
electrostatic components. Particularly, 
the high end was much airier and open, 
with much less apparent sibilance dur- 
ing high energy transients. 

Let me digress a bit at this point and 
mention that particular care had been 
taken to eliminate the last vestige of 
crossover distortion in the inferior am- 
plifier . At that point, we were virtually 
certain that crossover distortion was not 
the culprit. As shall be shown, this as- 
sumption proved to be valid. 

The second observation was that two 
different high power, rather expensive 
transistor amplifiers introduced a mild 
"snapping" sound into the music when 
used with some acoustic suspension 
speaker systems. The "snapping" oc- 

curred primarily during low frequency 
high level passages and on some solo 
drum instrumentals. Interestingly, the 
snapping sound was not at all objec- 
tional during the drum solos-it tended 
to give each individual drum beat an 
added impulse and the illusion of tre- 
mendous transient response. However, 
on sustained low frequency notes, for 
example, the pedal notes of a pipe 
organ, the snapping was extremely 
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YOU CAN'T HEAR OUR TAPE 

FOR THE MUSIC 

When you listen to a TDK tape, all you can hear is 
t'e living scund, just the way it reached the tape. No 

background hiss. No distortion. No dropouts or 
fluctuations in output level. Nothing added, 

nothing left out. 

Whether you- thing is cassette or open -reel recording, 
TDK has the tape that will give you the best results 

with your deck or recorder. The only sounds you will hear 
are the sounds you put on the tape. 

World's leader in tape technology. 

TDK ELECTRONICS CORP. 
LON'3 ISLAND CITY, NEW YORK 11103 

Super Dynamic Reels. Gamma ferric 
(SD) oxide for response beyond 30,000 
Hz. 1200' and 1800' lengths on 7" 
reels; 3600' lengths on 10'/2 NAB reels. 

Deluxe Low -Noise Reels. "Standard" 
tape superior to most other premiums. 
Extended range. 1200', 1800' and 2400' 
lengths on 7" reels. 

Super Dynamic Cassettes. Gamma fer- 
ric (SD) oxide for response to 20,000 
Hz. "The tape that turned the cassette 
into a high-fidelity medium." 30 minute, 
60 minute, 90 minute and 120 minute 
lengths. 

Deluxe Low -Noise Cassettes. High - 
output, extended -range tape in the TDK 
ultra -reliable cassette. 30 minute, 60 
minute, 90 minute and 120 minute 
lengths. 

Maverick Cassettes. Economy plus 
TDK's ultra -reliable cassette. 30 minute, 
60 minute and 90 minute lengths. 

11 4eir-TDK 
Check No. 25 on Reader Service Card 



annoying and clearly an indication of 
amplifier misbehavior. 

In the third observation, in which a 
vacuum tube amplifier rated at 60 watts 
RMS per channel was compared with 
a transistor amplifier also rated at 60 
watts RMS per channel, it was observed 
that the tube amp sounded somewhat 
more powerful. We discovered that we 
were able to increase the sound level 
significantly before objectionable dis- 
tortion occured when using the tube 
amp. In fact, the 60 watt/channel tube 
amp sounded the same, exactly the 
same, as a fine transistor amplifier 
rated at slightly over 100 watts/channel. 
Two tube amplifiers were used, both 
vintage models, a Citation II and a 
Marantz Model 9. The transistor amp 
was of modern design and is very highly 
regarded. 

When all of the transistor amplifiers 
included in our listening test were com- 
pared, an interesting pattern emerged, 
which was two -fold. First-relatively low 
power transistor amplifiers, those under 
60 watts, and those built into receivers 
and integrated amplifiers, never ex- 
hibited any form of overt of obvious 
misbehavior. The only "fault" it was 
possible to render judgment against was 
their low power and consequent in- 
ability to produce satisfying music levels 
without severe overloading. On the other 
hand, two of the high power units ex- 
hibited the "snapping" phenomena and 
this we considered to be overt misbe- 
havior and a grevious fault. (As we shall 
see later, the trouble was due to the 

I AA id 

Fig. 1-Amplifier #1, a 60 W/chan. 
unit with regulated power supply, 
operating into an 8 ohm load at 

clipping point, which 60 watts. Both 
channels operating. 

protection circuits.) 
The second part of the emerging pat- 

tern was that, given two transistor am- 
plifiers of similar power ratings, it was 
found that units with a regulated power 
supply sounded the least powerful; that 
units with separate power supplies (two 
power transformers) sounded subjec- 
tively more powerful; and, interestingly, 
units with a single, common power 
supply sounded the most powerful. 
Without exception, the units that ap- 
peared "most powerful" sounded sig- 
nificantly "cleaner" and more "open" 
when compared with the other units. 
All amplifiers were operated at identi- 
cal listening levels, and each was oper- 
ating just below the point of audible 
overload using the "most powerful" 
sounding unit as the reference. All of 
these units had similar RMS power 
ratings. (As a matter of course, the a.c. 
power line voltage was adjusted slightly 
to give each amplifier identical con- 
tinuous sine wave power output.) 

At this point, the task at hand is to 
identify the reasons for the subjective 
differences on a rigorous, scientific 
level, and approach the problems from 
an engineer's viewpoint. 

The first investigation centered around 
determining why some amplifiers 
with identical power ratings did not 
subjectively sound equally powerful. 
For our tests we used a commercially 
available 60 watt/channel amplifier 
with a regulated power supply and 
compared it with a unit specially built 
and designed for the experiment. It 
was designed to deliver 60 watts/chan- 
nel with both channels in operation and 
it used a single unregulated power 
supply. An oscilloscope was installed 
across the speaker terminals and the 
test was arranged in the familiar A -B 
fashion. It 'was possible to switch from 
one amplifier to another instantly while 
simultaneously listening to music and 
observing the output of each amplifier 
on the 'scope. 

It became immediately obvious why 
the second unit sounded more power- 
ful. We observed that the second unit's 
output voltage would rise considerably 
higher prior to clipping than the unit 
with the regulated supply. It sounded 
more powerful because, in fact, it was 
more powerful when operated with 
music into a high fidelity speaker 
system. 

To understand this, it is necessary to 
make a detailed examination of how 

the power supply of an amplifier ef- 
fects the available output voltage swing. 

The absolute value of the power 
supply voltage is what determines the 
maximum output voltage swing. If the 
power supply voltage is, for example, 
63 volts, then the amplifier can de- 
liver at its output terminals up to 63 
volts peak to peak. Once current be- 
gins to flow, as the amplifier is deliver- 
ing power to the load, internal losses 
cause this voltage to plummet down- 
ward. In the case of a 60 watt/channel 
amplifier whose power supply is un- 
regulated, the supply must be able to 
maintain 63 volts under full load with 
both channels operating into 8 ohm 
load resistors. Since the supply is un- 
regulated, and yet it must somehow 
supply 63 volts, it must necessarily be 
designed to deliver a substantially 
higher voltage during no-load or higher 
impedance load conditions in order to 
"make up difference" due to internal 
losses. In the case of a typical transistor 
amplifier, voltage losses in the power 
supply are approximately 30%. Hence 
the power supply voltage must be an 
unloaded 95 volts. 

A regulated power supply can be 
thought of as "loss free" because its 
output voltage remains constant and 
does not vary from a no-load condition 
to a full load condition. In the case of 
the 60 watt/channel amplifier, it is reg- 
ulated to 63 volts-never higher, never 
lower. 

Never higher, never lower. Therein 
lies the reason that the amplifier with 
the unregulated supply sounds more 
powerful. Speaker systems are not of 
constant impedance; they vary over a 
wide range, from below 8 ohms and 
climbing to a high of 30 ohms or more. 
At resonance, the speaker impedance is 
at a maximum and if substantial power 
is to be delivered, the amplifier must 
have substantial output voltage capa- 
bilities. The expression for power is 
P = V2/R. From this it is readily seen 
that if the impedance R increases, the 
voltage must increase or the power 
delivered will decrease. If the power 
supply is regulated, it cannot increase, 
and the available power under dynamic 
conditions is severely curtailed. 

Oscilloscope photographs in Figs. 1 

through 6 graphically illustrate these 
effects. Referring to Fig. 1, the 60 watt/ 
channel amplifier with the regulated 
supply is being driven to the clipping 
point (point of overload) with a con - 
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if you go for four channel... 

you don't have to go for broke 
Buy yourself a miracle for as little as $209.95. That's all 

it takes to get your conventional two -channel stereo to do 
anything any total four -channel receiver and control center 
can do, now or in the future. 

The Sansui QS500 and QS100 converters are complete 
Four -Channel Synthesizer -Decoder -Rear -Amplifier -and - 
Control -Center combinations that transform standard two - 
channel stereo totally. The only other equipment you need 
is another pair of speakers. 

You can decode any compatibly matrixed four -channel 
broadcasts or recordings and reproduce them in four au- 
thentic channels. You can detect the ambient signals 
present in most two -channel recordings or broadcasts and 
propagate them through the rear channels. In Sansui matrix- 
ing, the exclusive phase -shift technique prevents the can- 
cellation of some signals and the change in location of 
others that occur in many matrixing systems. And the 
exclusive phase modulators restore the effect of the live 
sound field. 

You can plug in a four -channel reel-to-reel or cartridge 
deck or any other discrete source. In the future - if you 
should have to - you can add any adaptor, decoder or what - 
have -you for any four -channel system for disc or broadcast 
that anyone's even hinted at. And a full complement of 
streamlined controls lets you select any function or make 
any adjustment quickly and positively. 

C Co..,I... BAs. 
SanvuI 

The QS500 features three balance controls for front -rear 
and left -right, separate positions for decoding and synthesiz- 
ing, two -channel and four -channel tape monitors, electrical 
rotation of speaker output, alternate -pair speaker selection, 
and four VU meters. Total IHF power for the rear speakers 
is 120 watts (continuous power per channel is 40 watts at 
4 ohms, 33 watts at 8 ohms), with TH or IM distortion below 
0.5% over a power bandwidth of 20 to 40,000 Hz. In its own 
walnut cabinet, the QS500 sells for $279.95. 

An alternate four -channel miracle -maker is the modest 
but well -endowed QS100, with total IHF music power of 50 
watts (continuous power per channel of 18 watts at 4 ohms 
and 15 watts at 8 ohms). In a walnut cabinet, it sells for 
$209.95. 

SANSUI ELECTRONICS CORP. 
Woodside, New York 11377 Gardena, California 90274 
SANSUI ELECTRIC CO., LTD., Tokyo, Japan Sansui Audio Europe S. A., Antwerp, Belgium 

Check No. 27 on Reader Service Card 



Fig. 2-Amplifier #2, a 60 W/chan. 
unit with dual power supply. The 
clipping point is the same as Fig. 1, 

60 watts, both channels operating. 

Fig. 5-Amplifier #2, with the same 
tone burst and speaker load, delivers 
about 20% more voltage than amp #1 
under dynamic music conditions. 
Clipping is just under 90 watts. 

tinuous sine wave signal. Both channels 
are operating. Only one channel is 

shown in the photo. In Fig. 2, the unit 
with two power transformers in its 
power supply is being similarly driven 
to the clip point. Fig. 3 shows the am- 
plifier with the unregulated power sup- 
ply similarly driven. Notice that the 
clip point is the same for all three units, 
63 volts peak to peak. In Figs. 4, 5 and 
6, a low frequency tone burst is used to 
simulate a drum beat. The load is an 
eight ohm acoustic suspension loud- 
speaker. The unit with the regulated 
supply (Fig. 4) clips at its previous 
voltage level, 63 volts. However, the 
units with the unregulated supplies 
Figs. 5 and 6 are able to deliver a higher 
voltage prior to clipping. The unit with 

Fig. 3-Amplifiers #3, a 60 W/chan. 
unit with a single power supply. The 

clipping point is also 60 watts, both 
channels operating. 

Fig. 6-Amplifier #3, with the same 
tone burst and speaker load, delivers 
about 30% more voltage than amp #1 
under dynamic music conditions. 
Clipping is over 100 watts. 

the single unregulated power supply is 

clipping at a voltage level approximately 
30% higher than its sine wave con- 
tinuous clipping level. Thirty percent 
is almost a 1/3 increase, and since power 
is proportional to the square of the 
voltage, the power increase is approxi- 
mately 1.3 x 1.3 = 1.69. Almost seven - 
tenths more effective power is avail- 
able from this amplifier. 

From another point of view, for any 
given average power level, the second 
amplifier will be clipping significantly 
less during musical peaks, and is there- 
by generating significantly less dis- 
tortion. This is why the second ampli- 
fier sounded "sweeter and airier." 

We repeated these experiments with 
our vacuum tube amplifier and corn - 

Fig. 4-Amplifier #1 with low fre- 
quency tone burst simulating drum 
beat. Clipping occurs at 60 watts. The 
load is an 8 ohm acoustic suspension 
loudspeaker. 

pared results. It turned out that the 
tube unit behaved in a manner similar 
to the amplifier with the unregulated 
supply, with an interesting exception. 
When the tube amplifier was very 
lightly loaded, with a load of around 
30 ohms or higher, its voltage swing 
could go extremely high, producing 
almost 50% more than the fully loaded 
condition. This high impedance load 
is the load condition that an electro- 
static midrange or tweeter unit imposes 
on an amplifier. The power demands 
are rather moderate because the load 
impedance under dynamic conditions 
is relatively high, and therefore the 
voltage requirements of the electro- 
static screens are high. Present day elec- 
trostatic mid- and high -range screens 
require their power at high voltage 
levels, precisely where a vacuum tube 
amplifier excels. 

These findings are summarized in 
graph form in Fig. 7. Notice that the 
"best sounding" amplifier (7C) has 
available additional operating area 
that is "forbidden" by the amplifier 
with the regulated power supply (7A). 
Figure 7B shows the operating area of 
an amplifier with two power transfor- 
mers, and Fig. 7D depicts a 60 watt 
amplifier idealized to represent a "Per- 
fect" 60 watt/channel amplifier. Notice 
that the available operating area is 
almost double that of the unit with the 
regulated supply. The "perfect" 60 watt/ 
channel amplifer would have, as a 
design goal, a very high voltage power 
supply. It would sound very clean and 
very powerful. The high voltage design 
approach produces the very best 
possible "sounding" amplifier, but, as 
is often the case, there is a tradeoff 
against other desirable characteristics. 
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The Quietest Revox 

One of the most compelling 
reasons for buying a Revox is the 
sounds it doesn't make. 

No spurious pops or clicks. No 
wavering, fluttering tones. No 
distracting hum. And best of all, 
virtually noise -free electronics. 

Take our new A77 Mk III for 
example. We manufacture it to 
such close tolerances and with 
such exacting attention to detail, 
that it is generally regarded as one 
of the quietest tape recorders ever 
made. 

Unfortunately, no 
matter how quiet our 
electronics are, there 
is still the inherent 
problem of tape hiss. 

And that's where 
our new Revox A77/ 
Dolby B recorder 
comes in. 

By now, the 
virtues of the Dolby 
Noise Reduction system are too 
well known to require any 
elaboration on our part. 

Suffice it to say, for all practical 

purposes the last major stumbling 
block to quality, noise -free 
recording has finally been 
eliminated. 

Listening to tapes on the new 
Revox/Dolby B is a revelatory 
experience. Tape hiss is virtually 
non-existent. The music seems to 
emerge from a background of 
velvety silence. And at 3-3/4 i.p.s. 
the absence of extraneous noise is 
truly startling. 

But no mere description of the 
Revox/Dolby B can 
adequately convey 
the experience 
awaiting you the 
first time you listen 
to a tape made on 
this remarkable 
machine. 

Your nearest Revox 
dealer will be 
delighted to audition 
the Quietest Revox 

for you. Once you've heard it, 
you'll understand why we say... 

Revox delivers what all the rest 
only promise. 

Revox Corporation, 155 Michael Drive, Syosset, N.Y. 11791. Calif.: 3637 Cahuenga Blvd. West, Hollywood 90068 

Check No. 7 on Reader Service Card 



4 
OPERATING 

AREA 

AMP OUTPUT VOLTAGE 

AMP OUTPUT VOLTAGE 

UNREGULATED, 
HIGH POWER 
VOLTAGE LINES 

AMP OUTPUT VOLTAGE 

AMP OUTPUT VOLTAGE 

Fig. 7-Why four different amplifiers, 
each rated at 60 watts/channel sound 
subjectively different. A, this area is 
forbidden because of the tight power 
supply regulation. B, This area is 
available to an amplifier with dual 
power supplies. C, This area is avail- 
able an amp with an unregulated 
power supply. D, This area is available 
to an amplifier with an "idealized" 
design. 

Fig. 8-Output of a high power ampli- 
fier operating at 40 Hz into an 8 ohm 
resistive load. Power level is 1 50 watts. 

Fig. 9-The same amplifier as Fig. 8 
operating at 40 Hz into an 8 ohm 
loudspeaker load. The tearing at the 
center of the waveform is due to false 
triggering of the protective circuits. 
The power level is again 150 watts. 

The liability assumed with the high 
voltage amplifier is that the normal 
operating temperature of the amplifier 
must be higher than with the conven- 
tional design. If the designer is willing 
to accept this drawback and is willing 
to design into his unit an extra margin 
of thermal stability, an amplifier using 
this approach would be without peer. 

A detailed examination of high pow- 
ered amplifiers in the 100 to 150 watt/ 
channel range reveals shortcomings 
and problems unique to these units. 

A severe design problem that must be 
undertaken when building a high power 
amplifier is to design an adequate 
protection device for the unit. All high 
power amplifiers must incorporate 
some form of protection circuit to 
prevent their destruction in the event 
of an accidental overload. The pro- 
tection circuit must limit the output 
of an amplifier if it is operated into 
an improper load, but it must not in 
.any way limit the output of the am- 
plifier when operated into a proper, 
normal, or loudspeaker load. These 
two conditions represent conflicting re- 
quirements imposed on a protection 
circuit, and it shall be shown that in 
many instances these conflicting re- 
quirements have resulted in protection 
circuits that do not completely protect 
the amplifier, or worse, often limit 
the output in some manner that results 
in an audible degradation of the musi- 
cal signal. In the most severe cases, 
outright amplifier misbehavior results. 

Fig. 8 is a 40 Hz output signal de- 
livered into an 8 ohm resistive load. 
The power level is 150 watts. Note 

Fig. 10-The same amplifier as in 
Figs. 8 and 9 with the same loud- 
speaker as Fig. 9, but with the ampli- 
fier's protection circuits removed. Note 
the perfect waveform. 

that the signal is perfect. Fig. 9 is the 
same amplifier operated into a complex 
load whose impedance is also 8 ohms. 
The load is an 8 ohm acoustic suspen- 
sion loudspeaker. Notice the large 
spikes that are occuring on the down- 
ward slope of the sine wave. These 
spikes are caused by false trigger action 
of the protective circuitry built into 
the amplifier and cause the "snapping" 
sound mentioned previously. The spikes 
are called "flyback" pulses and are 
generated as follows. As the sine wave 
reaches its peak value and begins to 
decrease, the energy that has been stored 
in the magnetic field associated with 
the inductive component of the loud- 
speaker impedance is forced to flow 
back into the amplifier. The protective 
circuit senses this reverse energy flow 
as an overload and commands the am- 
plifier output stage to shut down. This 
happens instantly, and when the output 
stage turns off, the energy is prevented 
from flowing back into the amplifier. 
The result is a large voltage spike due 
to the collapsing magnetic field in the 
loudspeaker. An easily understood 
anology is an automobile spark coil 
and a set of points. When the points 
interrupt the flow of current, the col- 
lapsing magnetic field inside the coil 
generates a high energy spark. In an 
analogous manner, the voltage at the 
loudspeaker terminals rises until clamp- 
ing diodes (built into all large ampli- 
fier output stages) conduct and prevent 
any further increase. The audible effect 
is the "snapping" misbehavior and oc- 
curs during heavy low frequency de- 
mands. Fig. 10 is the same amplifier 
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Our new 
PL-12AC stereo turñtable. 
Incomparable at $9995 

Quality and versatility have their 
price. Now they cost less. For 
only $99.95, including walnut 
base and dust cover, 
you can own the new Pioneer 
PL -124C 2 -speed stereo turntable. 

At th s low price no other 
lurnteble includes all these 
quality features: 4 -pole, 
belt -c riven, hysteresis 
synch ror Dus motor ... 

meticulously balanced tonearm 
... feather light tracking force... 
polished diamond stylus ... 
oiled damped cueing ... 12" dyna-- 
mically balanced die-cast platter . . 

anti -skating control ... hinged 
dust cover ... walnut base... 
simplified operation ... 331/3-45 rpm 

speeds, and much more. 
See your franchised Pioneer deafer 
for an exciting demonstration. 

U.S. Pioneer Electronics Corp., 
178 Commerce Rd.. Carlstadt, 
New Jersey 07072. 

QPIONCCR 
when you want something better 



Fig. 11-A 15 KHz tone burst output 
of a high power amplifier into an 8 ohm 
inductive (loudspeaker) load. Note the 
perfect response. 

but with the protection circuits discon- 
nected and operated into the loud- 
speaker load. Observe that the sine 
wave is again perfect. 

Figures 11, 12 and 13 show the out- 
put of an amplifier rated at over 100 

watts operated into a loudspeaker sys- 
tem. In Fig. 11, the signal consists of 
a 15 kHz tone burst whose oN and OFF 

times are equal. Observe that the am- 
plifier output response is perfect. 

Fig. 12 consists of the same 15 kHz 
tone burst but with the following char- 
acteristics. The OFF time is very long 
compared to the ON time. The repe- 
tition rate of the tone burst is very 
low. In this instance, 500 Hz. This par- 
ticular tone burst simulates the simul- 
taneous output of a low frequency 
musical note (the repetition rate) and 
a high frequency musical note (the 
internal tone burst frequency). This 
would, in a musical sense, correspond 
to the simultaneous reproduction of 
a low frequency woodwind note and, 
say, a harp. Notice that the first few 
cycles of the tone burst are limited 
and distorted. This is because the pro- 
tection circuits in the amplifier confuse 
the simultaneous low and high frequen- 
cies with an overload, falsely trigger, 
and limit the amplifier output. It is 
only under certain combinations of 
simultaneous low and high frequency 
demands that the protection circuits are 
falsely triggered into operation. Fig. 13 

shows the same output as Fig. 12, but 
with the protection circuits removed. 
Again, note that the response -is perfect. 

The audible effect of this particular 
amplifier misbehavior is much more 
subtle than the previous example. The 
effects range from a slight "edginess" 
and "stridency" to outright breakup 
associated with the highs. As Mr. C.G. 

Fig. 12-The same 15 KHz tone burst 
with the repetition rate set for 500 Hz. 
Note the limiting and distortion on the 
leading edge of each burst. This is 

caused by the protection circuits con- 
fusion of the simultaneous low repeti- 
tion rate and high burst frequency with 
an overload. 

Fig. 14-Instantaneous single sweep 
photo of an opening piano allegro. 
Note the flattening that is occurring 
near the peaks as the amplifier over- 
loads. The average power is about 38 
watts. The amplifier is a 120 W/chan. 
unit. 

McProud put it, "It's when an opera 
singer hits her high C at the end of an 
aria." 

A general review of all of these photo- 
graphs graphically indicates the need 
for improvement in current power am- 
plifier performance. These shortcomings 
served to solidify the goals and objec- 
tives an amplifier design should reach. 

A perfect amplifier should be power- 
ful enough never to overload, even dur- 
ing low frequency passages and on 
musical peaks. The protection circuits 
should never falsely trip and generate 
high distortion or amplifier misbehavior, 
yet they should safeguard the amplifier 
in the event of an accidental short cir- 
cuit or from any other form of abuse. 
An amplifier must have a mechanism to 
protect the loudspeaker from accidently 

Fig. 13-Same conditions as in Fig. 
12, except that the protection circuits 
have been disconnected. 

Fig. 15-Same type of photo as in 

Fig. 14, but the amplifier is a 350 
W/chan. unit. Note that the peaks are 
not clipped. 

dropped tonearms or amplifier failures, 
and all of these qualities must be built 
in. 

How powerful? This question has 
been asked and answered more often 
and in more ways than is easily im- 
agined. Simply stated, an amplifier 
should be powerful enough to prevent 
overload and clipping when operated 
at a satisfying listening level. Instant 
overload recovery is not enough. 

The best speaker systems today ob- 
tain their smooth, wide range low dis- 
tortion performance by significantly 
sacrificing efficiency. That's simple 
physics. The best are incredibly good, 
but they require large peak power and 
output voltage capability of an am- 
plifier. Figure 14 shows a 120 watt am- 
plifier reproducing the opening allegro 
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Introducing a SONY turntable 
for the lazy perfectionist 

If you're a perfectionist, you wince at the 
thought of stacking records, naked and 
defenseless, or dropping them onto each 
other. So you wind up with a single -play 
component turntable, and hold your 
breath to raise and lower the arm gently 
and perfectly. 

If you're lazy, though, you resent having 
to dash across the room at 20 -minute 
intervals to lift the stylus from the run -out 
groove. And you wind up with an auto- 
matic turntable. (Which perfectionists 
still call "changers:') 

But if you're a lazy perfectionist, where 
can you turn? 

To Sony, of course. And to our 
new PS -5520. 

Just give its control lever a lazy 
little nudge, and things start 
happening-things to delight 
the perfectionist in all of us. 

The hysteresis motor starts 
the 12 -inch non-magnetic 
platter turning at precisely 
33-1/3 or 45 rpm. (Belt 
drive keeps wow and 

flutter below 0.1%, rumble down 42 dB.) 
The 12 -inch, balanced arm settles precisely in 
the lead-in groove, its stylus centered by pre- 

cise anti -skating, and its calibrated tracking 
force selectable from a maximum of three 
grams down to a mere fraction of a gram. 

For manual operation, there's a cueing 
lift, of course. 

But if you settle the arm down automatically, 
you can tell your conscience that you're 

only doing it because the PS -5520's 
automatic action is so gentle. Gentler, 

even than you are when you 
hold you breath and 

brace your elbow. 
The Sony PS -5520 

turntable. Complete 
(less cartridges) 

with walnut base and 
hinged dust -cover. See 

it at your Sony dealer. 
Or write Sony Corpo- 

ration of America, 
47-47 Van Dam 

Street, Long Island 
City, New York 11101. 

New SONY PS -5520 Turntable 
Check No. 33 on Reader Service Card 



piano note from Part III, of Beethoven's 
Emperor concerto performed by Ru- 
dolf Serkin. The volume level has 
been adjusted so the piano volume level 
approximates a live piano. The speaker 
system is a modern unit which em- 
ploys active equalization. Observe that 
piano note peaks are being clipped. 
This leads to harshness and may cause 
listening fatigue. Figure 15 is the same 
passage but with a 350 watt amplifier. 
Note that clipping does not occur. The 
sound is smooth, sweet, and open. The 
subjective volume level is identical in 
both cases. The average power level 
in both cases is approximately 38 watts. 

If the goal is to eliminate the severe 
amplifier distortion that occurs on 
musical peaks and during low frequency 
passages, and if the best wide range 
speakers available today are utilized, 
a minimum of 200 watts/channel is 

required. A maximum of over 500 
watts/channel is required when using 
some of the very latest, highly inef- 
ficient speakers. The important point 
to remember when dealing with these 
high power levels is that the peak to 
average power ratio of musical ma- 
terial is approximately 10 : 1. This 
means that when a 200 watt/channel 
amplifier is operating full tilt into a 
set of loudspeakers, the long time aver- 
age power delivered to the loudspeaker 
is only 20 watts. In addition, these 
loudspeakers are designed to safely 
sustain extremely high impulsive power 
levels. For example, the new Acoustic 
Research LST loudspeaker system can 
safely sustain 1000 watts for brief time 
periods. It is this capability that will 
allow a high level drum beat, a low 
frequency pedal note, or an opera singer 
hitting her high C at the end of an aria 
to be safely accommodated by the 
loudspeaker system. 

The first step in designing a 700 watt 
amplifier was to evaluate existing de- 
sign approaches to high power. Pri- 
marily, the problem is one of obtaining 
the required high output voltage. Three 
hundred fifty watts @ eight ohms, two 
channels, requires an unregulated power 
supply capability of over 200 volts. Until 
very recently, the very best existing 
transistors had sustaining voltages of 
only 120 volts, and, at that, a designer 
was pushing the state of the art to build 
an amplifier with a 120 volt supply (150 
watts). The standard solution to higher 
voltages is to use low voltage transistors 
and use a step-up transformer or auto - 
transformer at the output of the am- 
plifier. The disadvantages of this ap- 
proach are many. Excessive phase 
shifts through the transformer generate 
stability problems, increase distortion, 
reduce the bandwidth, and transformers 

are excessively heavy and expensive. 
We computed that an amplifier using 
step-up transformers or auto -trans- 
formers would weigh over 130 pounds! 

A second design approach consists 
of connecting two or several low power 
amplifiers together in series to obtain 
the required high output voltage. Am- 
plifiers connected in this fashion are 
said to be "in bridge" and their separate 
output voltages add together or double. 
Since power increases as the square of 
the output voltage, doubling the voltage 
would quadruple the power. For ex- 
ample, two 150 watt units in bridge 
would yield four times 150 or 600 watts. 

This design approach is a fairly work- 
able one, but it too suffers severe and 
fundamental drawbacks. The input and 
the output grounds are not common. 
Rather, they are "floating" above chassis 
ground and any attempt to use such 
an amplifier in a multiple unit instal- 
lation would raise havoc with the 
grounding system. Another drawback 
is that a stereo amplifier would require 
four separate amplifiers connected in- 
ternally to obtain two channels; this 
plus the required double power supply 
would even further add to the com- 
plexity, weight, and cost. 

Solving the primary problem of tran- 
sistor voltage breakdown required close 
work with a major transistor manu- 
facturer. The basic power transistor 
used in the 700 watt amplifier design is 

a 600 volt television horizontal sweep 
transistor. This basic power transistor 
was modified extensively in order to 
obtain the best suitability for high 
power amplifier application. Energy 
breakdown levels, current gain, pulse 
safe operating area, and other transis- 
tor parameters were carefully adjusted in 
order to optimize their use. 

Another of the many problems as- 
sociated with transistor amplifier design 
is the problem of crossover or "notch" 
distortion. Historically, this was a se- 
vere drawback in early transistor am- 
plifiers. It was successfully solved by 
allowing the output transistors to oper- 
ate in a mode which was somewhat less 
efficient than ideal and represented one 
of many engineering compromises. In 
order to eliminate crossover distortion, 
it was necessary to allow a small amount 
of idling current to flow at all times. 
This idling current would generate a 
small amount of heat but was perfectly 
acceptable for small, low voltage am- 
plifiers that had at most two pair of 
output transistors. For a large 700 watt 
amplifier, the amount of heat that 
would be generated by idling current 
flowing in 24 output transistors would 
be excessive. It was necessary to in- 
corporate a novel biasing circuit that 

would allow the output stages to operate 
without idling current (pure class B) 
and to simultaneously completely el- 
iminate crossover distortion. This bias- 
ing circuit is used in integrated cir- 
cuit "op -amps" but had previously 
never applied to power amplifiers. The 
success of this approach depends on the 
careful attention to specific power 
transistor parameters in the low current 
region. Crossover distortion appears as 
high intermodulation distortion at low 
levels. The best transistor amplifiers 
have attained IM figures of well below 
0.05%. Production 700's attain IM fig- 
ures at 750 milliwatts of between 0.01% 
and 0.02%. 

Speaker protection is accomplished 
by a "crow bar" circuit in which heavy 
fault -current (for example, caused by 
accidently dropping a tone arm, or an 
output transistor failure) is forced to 
flow through a pair of fuses rather than 
through the loudspeaker. Since the "crow 
bar" forces heavy fault -current to flow 
through the fuses and not through 
the loudspeaker, they open immediately 
and prevent any possibility of damage. 

The problem of amplifier misbehavior 
caused by false triggering of the pro- 
tective circuits was solved by incorpo- 
rating a totally new protection circuit 
design which monitors, from micro- 
second to microsecond, the energy* that 
is being absorbed by the output tran- 
sistors during normal operation. All 
previous protection circuits have moni- 
tored the current, or in the case of 
large amplifiers, the power. The energy 
limiting approach results in an ampli- 
fier that can provide approximately 
three times as much power as an am- 
plifier equipped with current limiting 
or power limiting circuits. 

Whenever a loudspeaker engineer 
makes an attempt to extend or smooth 
the frequency response of his design, or 
to lower the distortion, the laws of 
physics demand that the loudspeaker 
become ever less efficient. 

These two facts of life, the conflicting 
requirements of sonic perfection ver- 
sus loudspeaker efficiency has always 
set an upper practical limit on loud- 
speaker performance. The recent avail- 
ability of truly high power amplifiers 
has allowed speaker designers a new 
freedom, and without question, the 
best speaker systems of tomorrow will 
be capable of truly awesome perfor- 
mance. Æ 

'Energy is the time integral of power. Expressed 

mathematically, Energy, E = VI dt, where 

V = Voltage, I = current, and with the limits 

of integration chosen to be over one half cycle 

of the waveform. 
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DYNACO SCA-80Q KIT 

$169.95 kit 
$249.95 assembled 

THE EASIEST WAY TO 

4 -DIMENSIONAL SOUND 
Dynaco's new SCA-80Q is a complete stereo ampli- 
fier and preamplifier, plus built-in QuadaptorTM cir- 
cuitry for 4 -Dimensional sound.. You can connect two 
speakers to it for conventional stereo, or four 
speakers for 4-D sound now, or later. 

Unequalled value and obsolescence -proof designs 
are Dynaco traditions. Matchless performance is 

coupled with exceptional control flexibility and uni- 
quely simple kit construction, Now you can have 
the depth, directionality, ambience and realism of 
4 -dimensional surround sound for the same cost as 

two conventional stereo amplifier channels of the 
same quality. 

The best results are obtained when the SCA-80Q 
is used with speakers that have small impedance 
variations. The most accurate front -to -back separa- 
tion is achieved wnen the impedance of the back 
speakers remains as close as possible to 8 ohms. 

All of the different Dynaco speakers have been 
designed for uniform impedance. They are a most 
sensible choice for 4-D playback with the SCA-80Q. 
Their similar efficiency and sonic characteristics per- 
mit them to be used together in the same 4-D 
system. The larger A-50 ($179.95 each) as well as 

the compact bookshelf types A-25 ($79.95 each) 
and the new A-10 ($99.95 the pair) are appropriate 
for the front. The compactness and light weight of 
the bookshelf models, particularly the A-10, render 
them ideal for unobtrusive mounting on a back wall. 

A 4-D system including the SCA-80Q and four 
full -range Dynaco speakers is the most economical 
and compact way to realize the full potential of your 
existing stereo library and FM stereo broadcasts. 
And as recordings made specifically in the 4-D for- 
mat become more available, your enjoyment will be 

greatly increased. 

SPECIAL DIRECT OFFER ON 
4 -DIMENSIONAL DEMO RECORD 

DYNACO INC. 
3060 Jefferson Street, Philadelphia, Pa. 19121 

Enclosed is my check or money order for $2.95. Please 
send me the new Dynaco/Vanguard 4-D demo record post- 
paid. Limited to USA residents only. Offer expires 
March 31, 1972. 

Name 

Address- 

City _ -State _ _ Zip 
3 I JEICI3 INC. 3060 JEFFERSON ST.. PHILADELPHIA, PA. 19121 



Intermodulation Distortion: 
A Powerful Tool for Evaluating 

Modern Audio Amplifiers 

THIS ARTICLE has been written to 
suggest a more helpful way of 
reporting amplifier distortion 

specifications to the prospective buyer. 
The comparative merits of two types 
of distortion testing will be presented, 
leading to the conclusion that one test 
shows some clear advantage over the 
other. 

The widespread appeal of high fi- 
delity has been strengthened by the 
broad range of equipment currently 
available. The increasing variety is an 
undisguised blessing since it allows 
every enthusiast the freedom to satisfy 
personal tastes in building his own sys- 
tem. Unfortunately though, the process 
of purchasing a system becomes more 
complicated with this diversity. The 
expense involved and the individual 
nature of a high fidelity system usually 
results in a great deal of evaluating and 
comparison by the careful customer, 
who naturally wants good performance 
for good money. Any performance in- 
formation that can make the evalu- 
ation easier will be very beneficial. 

Obviously, the effective communi- 
cation of technical performance data 
is not an easy thing. First of all the in- 
formation has to be presented in terms 
that the buyer can easily handle. After 
all, why should it be necessary for some- 
one to have an intimate knowledge of 
audio electronics in order to make an 
intelligent purchase? It is also impor- 
tant that standard terms be used by all 
manufacturers in order to facilitate 
comparisons between different brands 
of equipment. Finally, since knowledge 
and equipment fall short of perfection, 
a constant updating of test procedures 
becomes essential. Unfortunately for 
the customer, the information he needs 
does not come from all manufacturers 
in a standard form, and traditional 
rating methods give way very slowly to 
more effective practices. This is not to 
say that current performance specifi- 

Crown International, Elkhart, Indiana 

Gerald Stanley & David McLaughlin 

cations are not helpful in making buy- 
ing decisions, but to point out that they 
could be more helpful. 

One of the most often quoted and 
inadequately defined technical speci- 
fications in the audio field involves the 
distortion produced in audio amplifiers. 
The term "distortion" covers a multi- 
tude of audio evils. Basically it describes 
a change in the original signal intro- 
duced by the electronic and mechanical 
equipment employed in reproducing 
the signal. An example is drawn in 
Fig. 1. The goal of any audio reproduc- 
tion system is to approach to a greater 
or lesser degree (for a greater or lesser 
number of dollars) a perfect duplication 
of an original production of a piece of 
music. The sound of the original per- 
formance, whether it comes from Van 
Cliburn or Flatt and Scruggs, becomes 
the standard. Any changes in the or- 
iginal sound can be described as some 
form of distortion.' In the process of 
translating an original performance 
onto a disc or tape, a certain amount of 
distortion is introduced. When the rec- 
ord or tape is played, the high fidelity 
reproducing system introduces other 
subtle changes and the resulting sound 
moves a little further from the original. 
As you would expect, the degree of 
change or distortion depends on the 
overall quality of all equipment that 
has been used in the process. Interest- 
ingly enough, the distortion may not 

ORIGINAL SIGNAL i INPUT! / \ DISTORTED SIGNAL I OUTPUT/ 

Fig. 1-Example of distortion 
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Fig. 2-Harmonic distortion test setup. 

even sound unpleasant, but as long as 
it represents a difference from the or- 
iginal, it is distortion by definition. To 
minimize overall distortion, then, it is 
generally important to have each piece 
of equipment in a system` produce a 
minimum amount of distortion. This 
seems rather obvious, but because of 
the difficulty of comparing distortion 
specifications which are stated differ- 
ently, it is not always easy to determine 
which equipment will produce the least 
objectionable distortion. 

Two basic methods have come into 
use for measuring distortion in audio 
amplifiers. Unfortunately the results 
of one method do not necessarily in- 
dicate the results of the other. To com- 
pound the problem, the methods are 
used with varying degrees of thorough- 
ness, which give varying amounts of 
useful information about the perfor- 
mance involved. Simply stated, the truth 
is that the buyer is not being helped as 
much as he could be. 

To begin with, the problems involved 
in evaluating amplifiers are rather sig- 
nificant. For instance, distortion tests 
are not performed while the amplifier 
is actually handling music. (See "Am- 
plifier Q's and A's-Mainly for Begin- 
ners" in this issue.) Of course, the equip- 
ment will actually be used to play music, 
but the situation is too complex to per- 
mit a practical distortion test to be per- 
formed. Therefore, the actual testing re- 
quires some simplification. The test 
conditions must also be standardized, so 
they can be duplicated accurately by 
anyone wishing to check the results. 
Supply voltages, signal level test equip- 
ment capabilities, loads and so forth 
must be specified wherever they have 
a significant effect on the outcome of 
the test. When these variables are de- 
fined, more meaningful comparisons 
can be made between different brands 
of equipment. The test should also il- 
luminate thoroughly the particular 
qualities (good and bad) of the equip - 
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For $239.95' we think you deserve 
something more than just another stereo receiver. 

KLH introduces something more. 

Most stereo receivers 
that cost between $200 and 
$250 don't sound half bad. 
Some even look kind of nice, 
if not exactly sexy. And they 
usually work more times 
than not. Perhaps they can 
best be described as pre- 
dictably adequate. 

To us, that doesn't 
sound too thrilling. 

We figure a couple of 
hundred dollars or so en- 
titles you to something 
more. Something like our 
new Model Fifty -One 
AM/FM Stereo Receiver. 
For one thing, it has big de- 

pendable power; it'll drive 
loudspeakers that leave 
lesser instruments gasping. 
It looks more expensive than 
similarly priced stereo re- 

ceivers. And it feels more 
expensive too. Each knob, 
switch and sliding control 
gives you a real sense of 
authority. Stations literally 
lock in when you turn the 

dial. The controls are crisp 
and flawless. No mushiness 
here. Also, both the AM and 
FM sections will pull in 

stations you didn't even 
know were on the dial. But 

most important, the Fifty- 

t&.,ggested east coast retail price; suggested retail price in the south and in the west $249.95 
'A trademark of The Singe: Company 

One has the overall quality 
that most people expect 
from KLH. And you get it all 
for just $239.95t ( including 
walnut -grain enclosure I . 

Make sure you see and 
hear the Fifty -One soon. It's 

at your KLH dealer now. 
You'll recognize it immedi- 
ately; it's the sexy one that 
sounds great. 

For more information 
on the Model Fifty -One, 
write to KLH Research and 
Development, 30 Cross St., 

Cambridge, Mass. 021 39. 
Or visit your KLH dealer. 
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A Div i of he Si g Compa y 

Check No. 37 on Reader Service Card 



FREQUENCY 

ment being tested. For instance, a test 
could be made which would show ex- 
cellent performance at a particular 
operating point of an amplifier while 
completely ignoring the performance 
at other equally important operating 
levels. To summarize, a test should be 
a simplified and repeatable version of 
actual operating conditions, which ad- 
equately covers the range of perfor- 
mance expected. Both of the methods 
commonly used to evaluate audio am- 
plifier distortion are simplified, re- 
peatable versions of actual operating 
conditions, which can be used to check 
the whole range of expected perfor- 
mance. One, however, offers particular 

/ \ ORIGINAL TEST SIGNAL 
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Fig. 3-Example of harmonic distortion. 
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advantages in the evaluation of modern 
audio amplifiers. 

First, let us consider the traditional 
method-harmonic distortion testing. 
This involves evaluating an amplifier's 
performance as it handles a one -fre- 
quency signal. The complex musical 
signal is thus approximated by a single 
frequency. The test signal must be as 
free of distortion as possible, so that 
its inherent distortion is not confused 
with the distortion introduced by the 
amplifier. Essentially, the test signal is 
passed through the amplifier and the 
resulting output signal is checked for 
changes from the input. The general 
arrangement of equipment is shown in 
Fig. 2. The output signal is measured, 
after which the original test frequency 
is filtered out. The remaining output 
signal measured, on the assumption that 
what is left over consists of unwanted 
distortion components added by the 
amplifier. As typically produced (ignor- 
ing effects of hum and noise), this dis- 
tortion is called harmonic distortion 

1760 Hz 
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1 

14 kHz 

I 120 

I 1120I I ill 
120 Hz 1180 Hz -180 -60 I 60 180 
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Fig. 4-A, Harmonic distortion components, B, intermodulation distortion compo- 
nents 
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Fig. 5-Example of IM distortion 
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Fig. 6-IM distortion test setup. 

because the unwanted additions to the 
single tone can be separated into the 
harmonics of that tone. By way of il- 
lustration, if 440Hz is used for the test 
signal, the second harmonic will be 
880Hz, the third harmonic will be 
1320Hz, and so on. In this case, har - 
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A= AVERAGE VALUE OF B = INTERMODULATION 
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SIGNAL B 
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A- 
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monic distortion measurements should 
indicate the prominence of these dis- 
tortion frequencies: 880Hz, 1320Hz, etc. 
Figure 3 gives an example of the ap- 
pearance of harmonic distortion on an 
oscilloscope display. Figure 4a shows 
where the harmonics appear on a fre- 
quency spectrum. Some idea of the rela- 
tive sounds involved can be gained by 
sitting down at a piano and sounding 
middle A (440Hz). The first harmonic 
(880Hz) would be A one octave higher. 
The next octave would produce the third 
harmonic (1320Hz) and so forth. Since 
these are all in harmony, playing them 
together will obviously not produce an 
unpleasant sound, but the sound will 
definitely be different from the sound 
of middle A alone. In the actual test, 
a wave analyzer may be used to look 
at each of the harmonics individually, 
to see how much each contributes to 
the total distortion. In some equipment, 
the second harmonic may be the largest 
component, while in other equipment 
the third or some higher harmonic may 
contribute the most. Usually a total 
harmonic distortion (THD) figure is 
stated, which ideally expresses the rms 
sum of all the harmonic distortion com- 
ponents together as a percentage of the 
rms fundamental signal.' For the sake 
of thoroughness, the tests should be re- 
peated at different frequencies and at 
different power levels, although this 
takes much more time and effort. 

The second and acoustically more 
relevent method of distortion testing 
measures intermodulation (IM) dis- 
tortion. This type of test evaluates am- 
plifier performance as it handles a two - 
frequency signal. The complexity of a 
musical signal is again simplified, this 
time being approximated by the inter- 
actions of two frequencies. As defined 
by the Society of Motion Picture and 
Television Engineers (SMPTE), the IM 
distortion test signal is made up of two 
frequencies in a 4:1 amplitude ratio of 
low frequency to high frequency. Typi- 
cally the two frequencies are 60Hz and 
7KHZ (Fig. 5). The general test arrange- 
ment is shown in Fig. 6. The output 
from the amplifier passes through a fil- 
ter which removes the low frequency 
(60Hz) test signal. The remaining out- 
put, consisting of the high frequency 
test signal (7KHZ) plus the distortion 
modulation components, is AM de- 
tected", after which everything but the 
distortion products is removed by a 
second filter. The distortion modula- 
tion components are measured and 
expressed as a percentage of the total 
AM detected signal. The primary dis- 
tortion measured comes from the inter- 
action of the two test frequencies. The 
60Hz frequency will modulate the 
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before you select a speaker 
look into all the Fax. 

WALL OF SOUND -12 indi- 
vidual high efficiency drivers; 
6%" deep; unique integrated 
cyclone labyrinth. $399.95 

F-2A-High power handling 
capacity and flat frequency 
response at a super -low price. 
$59.95 

FE -8A-8 individual drivers for 
high -efficiency, concert hall 
sound: low distortion over full 
frequency range. $279.95 

L-34A-Bookshelf-type front 
loaded folded horn 4 -way system 
outperforms many floor -standing 
models. $189.95 

Model for model, we put more into them. So you get more out 
of them. See and hear for yourself how true pitch and zero over- 
lap engineering are incorporated into our entire line. Check out 
the advanced electronics responsible for distortion -free repro- 
duction of the widest possible range of sound. See the special 
sound chambers. Even bigger -and -better baffles for improved 
sound dispersion. You won't see the quality control testing we 
give every component in every speaker. But you'll hear the 
super -sound results. 

INSIST ON A FREE COMPARATIVE 
LISTENING DEMONSTRATION 
If your dealer doesn't stock Fairfax, 
we'll send him a pair of speakers pre- 
paid for evaluation...lwe pay the ship- 
ping charges both ways). If he doesn't 
believe you, show him this ad. 

FREE 
COMPARATIVE TEST REPORT 
Find out how experts test and rate our 
speakers in comparison to other leading 
speaker systems. Send for your free copy 
of a highly informative Test Report. 
A"must before purchase. 

FAIRFAX,of course. 
the J'UPEleOUND line 

FTA-2-3-way system with four 
power -packed drivers. Unheard 
of at $139.95 

FX-100A-2-wey speaker system 
with our own crossover design cuts 
"hole -in -the -middle" effect. $79.95 

FX-200C-Newly redesigned 
with twin 8" drivers and super - 
dome tweeter for big -speaker 
sound. $99.95 

'FA lRFA X 
I NDUSTRTES INC. 

900 PASSAIC AVE. EAST NEWARK, N.J. 07029 
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7KHZ frequency and form sum -and - 
difference frequencies, such as the sum 
of the two (7060Hz) and the difference 
between the two (6940Hz). Other sum - 
and -difference frequencies will also 
appear involving the harmonics of both 
frequencies. Figure 4b shows what some 
of these will be on the frequency spec- 
trum. For the purpose of practical mea- 
surement, only the distortion compo- 
nents around 7KHZ are significantly 
large and these are the ones measured as 

distortion. Figure 5 shows how IM dis- 
tortion of the test signals might appear 
on an oscilloscope display. Again using 
the piano to illustrate, an idea of the 
kind of sound involved here can be 
gained by sounding middle A again, 
and then sounding middle A along with 
the white keys on either side of it (G 
and B). These two notes are between 

50Hz and 60Hz different from A, and 
when played together with A, demon- 
strate the kind of dissonance resulting 
from intermodulation distortion. 

Depending upon the particular con- 
ditions of the test, such as the charac- 
teristics of the equipment being tested, 
the frequencies used may be changed 
and the 4:1 amplitude ratio between 
frequencies may vary. Generally the 
4:1 ratio of 60 Hz and 7KHZ is used 
because it provides a realistic example 

harmonic ratings suggests that the cus- 
tomer would prosper if one method 
were consistently used, in which case 
he could make meaningful comparisons. 
For a number of reasons, IM testing is 
the logical choice. 

To begin, there are significant weak- 
nesses in the harmonic testing proce- 
dure. First, the harmonics detected as 
distortion are not always offensive to 
the listener. The piano experiment sug- 
gested above should illustrate this, along 
with the fact that musical sounds are 
frequently made up of harmonic com- 
binations. Second, the single -frequency 
test signal does not resemble typical 
program material and the results do not 
indicate the kind of complex interactions 
that occur between different frequen- 
cies. This can result in ignorance of 
serious deficiencies in the equipment. 
Third, the usual THD figure groups all 
harmonic components together, which 
can mask the fact that most of the po- 
tentially offensive distortion comes 
from high order (higher frequency) 
harmonics'. An amplifier generating 
mostly high order distortion products 
may then sound worse than another 
with the same THD rating which pro- 
duces lower order distortion. Fourth, 
THD measurements group noise along 
with harmonic components and thus 

of the musical situations for which an 
audio amplifier is designed. IM tests 
should be run at a wide range of output 
power levels to reveal problems that 
may show up only at particular levels. 
As an example which will be discussed 
in more detail later on, IM testing shows 
excellent sensitivity to low power cross- 
over notch distortion, which is a tra- 
ditional sore spot of some solid state 
amplifier designs. 

Now that we have briefly discussed 
both methods, you might naturally ask 
how they are related, but this is not a 
simple nor brief proposition. A great 
deal of discussion has been published' 
with impressive mathematical support 
to describe this elusive relationship, 
but the results do not apply to most 
equipment. Several common (and some- 
times desirable) characteristics of elec- 
tronic equipment can each or all re- 
move any predictable relationship be- 
tween IM and harmonic distortion. At 
a given peak power level, and within 
the normal operating range of high fi- 
delity amplifiers, IM distortion typi- 
cally runs from two to six times as high 
as harmonic distortion. In any indi- 
vidual case, however, it is necessary to 
run both tests if both harmonic and IM 
figures are needed. This lack of a simple 
means by which to compare IM and 

toward the newest shape in sound 

Possibly some one has been bending your ear about the newest 
shape in sound. It's called CELESTA! This speaker has a cast 
chassis, functionally -formed under extremely high pressure for 
lasting precision. A baked -on lacquer finish and slim profile 
(8" model is only 3'/,6" total depth) are distinguishing features 
of all SIX CELESTA models. Vibration -free, rugged CELESTA 
frames assure added years of listening pleasure. So go on ... 
bend some one else's ear about the newest shape in sound ... 
CELESTA. Incidentally, free cabinet plans included with speaker. 

See your dealer, or write UTAH for complete information 

HUNTINGTON, INDIANA 
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Radio Shock puts more into its speakers 
by leaving 

a few things 
out! 

Realistic Optimus-5. 
Our deluxe boo<shelf 
model. 1 2" aco.istic- 
suspension woofer, 
3 tweeters, unique 
crossover, tonal balance 
controls. 11 Y2 x14 x 25" 
99.95 

Nova -Omni. 
Solves those 

placement problems 
with 360° dispersion -put 

a pair anywhere for great 
stereo. 8" top -firing woofer, side 

tweeter.Ornamental iron grille. 
11'hx11'hxl9th:' 69.95' 

AND 
ALLIED RADIO STORES 

la A TANDY CORPORATION COMPANY 

Dept. A-9 2725 W. 7th St. Ft. Worth, Texas 76107 

Things like distributors and their profits . and costly 
(to you!) trade shows, factory salesmen, promotional 
programs, and more. We leave those things out because 
we design our own Realistic a speakers . . . and build 
them in our own plants . . . and sell them factory -to - 

you in our own 1300 stores. We put in more quality, more 
special features, more beauty per $ because we leave 

out costs other brands are forced to "pass on" Now 
you know our secret. Visit our nearest store and see how it 

pays off for you in superior sound at Real(istic) savings! 

Realistic Optimus-1 
Over 50,000 sold. 10' 

acoustic -suspension 
woofer, 2 tweeters, 

111/2 x12x23" 
79.95' 

Realistic 
MC -500. 

BIG -sounding 5" 
acoustic -suspension 
woofer, 2" tweeter. 

9x11 -3/4x151/2' 
30.00' 

Realistic 
MC -1000 
Compact for 

serious music loves 
8" acoustic-susps slop 

woofer, 3 tweeter. 
81/4 x111/41x17', '50.00* 

Realistic Minimus -0.5. 
Tiny add-on "beefs up" 

sound of portable 
radios, recorders. 
Ideal extension too. 

10.95 

Realistic Nova -9. Our 
floor model with bass 

so deep you can feel it. 
15" acoustic -suspension 
woofer, midrange, 
tweeter. Our best. 
131/2x20V2x27" 
159.95 

Plus appl,cable surcharge/revaluation Charge. We service what we sell everywhere 2, speaker systems to choose Ir om Ask for our free catalog 
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Wednesday for piano. 
Thursday for horns. 

Close your eyes. 
Lou Rawls is singing. He says, 

"Believe in me." And you do. 
An acoustic guitar, way off to 

the left somewhere, scratches the 
back of your ear. Trap drums hug 
the bass guitar in the center of the 
sound. Strings, 
woodwinds, 
percussion, 
trombones, 
fourteen different 
pieces of pure sound come 
together. 

And you're there with them- 
hearing, sharing, capturing a 

moment that never happened. 
They don't make records like 

they used to. 
Until very, very recently the 

goal of any musical recording was 
to recreate an event that had 
happened somewhere. The "live" 
performance was perfection; the 
only purpose of recording was 
to record. 

It's not that way any more. Not 
with the new music. 

The last album you bought, the 
one with fifteen or twenty artists 
performing together, likely took a 

month to record, another month 
to mix. Many of the musicians 
performed as soloists, the rest in 
small groups. Only three people 
were there from the first day to 
the last: The arranger, the 
producer and the sound engineer. 

The control room looks like a 

control room. Lots of dials, 
buttons, lights. The sound 
engineer works at a console 
controlling all the same things 
your sound system controls: Bass, 

treble, volume, balance, etcetera. 
The only difference between your 
system and this one is a little more 
sensitivity, capacity, precision and 
maybe two or three hundred 
thousand dollars. 

The control room and the studio 
are acoustically 

isolated. Very 
important. The 

only way sound can 
come out of that studio 

is through a speaker in the 
control room. See those 
beauties all in a row? JBL speakers, 
thank you. 

Out in the studio, there are 
yards and yards of cloth hung here 
and there between musicians, 
over instruments and next to 
microphones. The cloth dampens 
sound. It keeps each instrument's 
sound near the microphone 
assigned to it. That's important. 
Musical instrument microphones 
are very precise and very literal 
and can pick up the wrong sound 
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just as efficiently as they can the 
right one. 
Wednesday. 

The bass guitar, the acoustic 
guitar, the piano, drums, 
percussion and Lou Rawls worked 
the same session. 

The tambourines start in the big 
studio but are banished to the 
isolation booth because their 
sound is leaking into other 
microphones. 

Look at the five microphones 
on the drums; three for the traps 
and two for the bass drums. Each 
is there to retrieve a particular 
tonal quality. 

See the mike inside the piano, 
under the top, over the sound? If 
you really want to hear good 
piano, that's the place. 
Thursday. 

Horns, woodwinds, strings- 
each takes his turn until all have 
had their say. 

Finally, fourteen channels are 
filled, each with a component of 
the total sound, ready to be 
blended. 
Monday. 

The mix -down begins. 
Fourteen tracks heading 
toward two. 

Each monitor 
speaker holds a 

separate sound. And 
now each is heard in turn, solo 
and then in unison. 

The sound engineer steps to the 
podium and brings up the bass 
guitar for rhythm. It goes in the 
center of the stereo perspective. 
He tightens it slightly, adding 
equalization at 50 Hz. 



L100 CENTURY 
A rL nawai bes -t seller. The beautiful twin of JBL's compact 
professioral 5t clio monitor. Now the mightiest bookshelf 
eve- proc.cec. Easily handles 50 watts of continuous 
program rrate-ial, although it takes only 1 watt to produce 
78db sound pressure level at 15 feet. Oiled walnut enclo- 
sure and a new dimensional grille that's more acoustically 
trar sparest than cloth and happens in colors like Ult-a 
Blu., Burnt Orange or Russet Brown. 14"x24"x14". $273. 

.....: .va. 
. 

77,7,lp' 

.u..; 

Traps left and traps right. A little 
equalization to brighten them; 
some echo to give them depth. 

Now the bass drum; then the 
acoustic guitar on the left with the 
piano on the right to balance it. 
Wednesday, again. 

The tambourine comes into the 
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L200 STUDIO MASTER 

Just like JBL's professional studio monitor only more so. 

High acoustic output, unifcrm spatial distribution, smooth 
frequency response and the extraordinary capability of 
handling a full 100 watts of continuous program material, 
yet produces 80db sound pressure level at 15 feet with 
only 1 watt input. Gracefu tapered form, oiled walnut 
enclosure and sculptured Crenelex grille in Smoke or 
Raven or Aegean or Burgundy. 33"x24"x21". $597. 

Guitars over there. Woodwinds here. How do they do that? Besides the 
left -channel and right -channel placements, the sound engineer uses tiny 
delays in sound and drops in volume to place the sound "away" from you 
or "near" you. Your brain does the rest, putting each sound in 

stereo perspective. 

center with a bit of echo to 
make it fuller. French horns 

left and right and the sweetening 
process: Bass trombones for 
resonance. An oboe solo 
for delicacy and a room full 
of strings-violins, cello, viola 
-to make the whole thing 
smooth and round. 

And, finally, all monitor 
speakers are in agreement. One 
last button is pushed, and the 
master recording,is made. 

That's all there is to it. 

The art of recording is 

changing. The business is 

changing. More creative scope, 
more ideas, more discipline. 
A whole new incredibly complex 
art form has emerged. 

We're glad to be a part of it. In 

fact, most major recording studios 
in the world produce 

their records 
mastered on 

JBL monitors. 

James B. Lansing 
Sound, Inc. 

3249 Casitas Avenue 
Los Angeles 90039 

A subsidiary of 
Jervis Corporation 

Our thanks to Lou Rawls and MGM Records for allowing us to document the recording, mixing and mastering of the title song from the MGM movie, Believe in Me. 



may produce a mischaracterization of 
a product. Fifth, harmonic distortion 
testing instruments may have residual 
distortion levels above the distortion 
levels of the amplifiers under test. It 
is difficult to inexpensively produce 
and analyze a test signal with distortion 
lower than state-of-the-art audio am- 
plifiers. Sixth, the test procedure is un- 
wieldy. In the usual process, some fine 
tuning is involved to completely remove 
the test signal before the harmonics are 
measured, a procedure which needs to 
be repeated at different frequencies, 
and then at different power levels for 
each frequency. This results in a sen- 
sitive operation being performed many 
times for a single piece of equipment. 
Many of the aforementioned weaknesses 
could be lessened by the use of a wave 
analyzer, but this would not help the 
problems of expense and time involved. 

In contrast, IM testing offers clear 
advantages over harmonic testing. First, 
the sum -and -difference frequencies de- 
tected as distortion by IM testing are 
not harmonically related to the original 
signals and therefore constitute a much 
more audibly obnoxious type of dis- 
tortion (as suggested by the piano ex- 
periment). Second, the use of a two - 
frequency test signal provides a simple 

SMPTE IM 

60 Hz: 7 kHz:: 4:1 

0.01 Ó.1 

PEAK EQUIV. WATTS 

Fig. 7-IM evidence of crossover notch at low power. 

but more realistic approximation of 
musical material, and the test results 
indicate the interactions between fre- 
quencies that can be expected in actual 
use. Third, the use of the 4:1 SMPTE 
amplitude ratio gives an inherent promi- 
nence to more audible high -order dis- 
tortion products, which in turn brings 
about better agreement of IM test re- 
sults with listening tests'. Fourth, 
SMPTE IM measurements concentrate 

100 
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.8 
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on a relatively narrow band of frequen- 
cies around the upper test frequency, a 
situation which serves to keep hum and 
other noise out of the final test results. 
Fifth, it is possible to obtain reasonably - 
priced IM distortion measuring equip- 
ment with residual distortion levels be- 
low those of state -of -the art audio am- 
plifiers. Sixth, since there is no tuning 
needed to filter out the test frequencies 
and since two frequencies in combi- 

I 

If the reviewers compare 
our $19.95t cartridge 

with the very best:.. 

\ \ \\ \ 
what can they compare 
our $150' Limited Edition 

cartridge with? seeo -v tSuggested Retail Price 

The incomparable new STEREO -V magnetic cartridges 
from Electro -Voice. 8 in all. At the best hi-fi dealers in town.Today. 

*"Overall, its "trackability" score was just behind the top -rated cartridges, which are the only 
ones we have found to be able to negotiate the difficult passages of this record ("Audio 
Obstacle Course") with no more than mild mistracking."-Electronics World, October, 1970 

ELECTRO -VOICE, INC., Dept.224A, 602 Cecil Street, Buchanan, Michigan 49107 
In Canada: EV of Canada, Ltd., 345 Herbert Street, Gananoque, Ontario 
In Europe: ElectroVoice, S.A., Lyss-Strasse 55. 2560 Nidau, Switzerland 

5&eeer Wer. 
a GULTON subsidiary 
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nation provide a test for the entire audio 
bandwidth, the only change necessary 
during the test is in the power level. 
With proper equipment, IM testing can 
thus be done very quickly and effi- 
ciently. 

Despite these advantages, IM dis- 
tortion testing has found limited use 
and has sometimes been used to poor 
advantage. It is most important to cover 
an adequate range of power levels if 
an amplifier is to be thoroughly tested. 
As mentioned before, crossover notch 
distortion has plagued many solid state 
amplifiers. Fortunately, this type of 
distortion generates high order terms 
which quickly show up in SMPTE IM 
measurements if the tests are made at 
the levels (as low as 10 milliwatts) where 
crossover problems occur. Testing down 
to a level of 1 watt (a commonly used 
lower test limit which is frequently un- 
derstood by the expression "all power 
levels below rated output") hardly ever 
reveals the cross -over notch distortion 
(e.g. In a 100 watt amplifier this is only 
20dB below full output whereas music 
may cover 70dB.) Figure 7 illustrates 
the kind of IM increase that can occur 
at low power levels. 

To summarize, harmonic distortion 
testing, on the surface is very simple 

conceptually and can be useful in equip- 
ment for which SMPTE IM testing 
would be inadequate (such as a graphic 
equalizer where low and high frequen- 
cies follow different signal paths.) But 
for many situations and in particular 
the case of audio amplifier testing, IM 
distortion measurements offer distinct 
advantages both to the manufacturer 
and to the consumer. Due to the sim- 
plicity of such tests with a modern, in- 
expensive IM analyzer, serious cus- 
tomers should insist on a fully docu- 
mented plot of IM distortion versus out- 
put power, a request which quality 
manufacturers will happily fulfill. 

1. A separate problem is noise, which involves 
the addition of unwanted sounds not related 
to the sound being reproduced, such as hum 
from power supplies, etc. Important kinds of 
distortion included in the definition above, but 
not considered in this discussion, are phase 
distortion and amplitude distortion. Phase dis- 
tortion deals with the shifting of the complex 
relationships among the different tones of a 

musical signal and is generally much more 
subtle than harmonic or intermodulation dis- 
tortion. Amplitude distortion results from vari- 
ation of gain with frequency and shows up as 

poor frequency response. 
2. This assumes that the equipment has been 

chosen so that the different components will 
be compatible with each other, or noninter- 
active. (For example, damping factor is a mea- 

sure of noninteractiveness of amplifiers and 

loudspeakers.) Otherwise, some part of the 
system will be improperly loaded or driven and 

distortion will occur regardless of the quality 
of the equipment. 

3. Commercial THD analyzers actually mea- 

sure the average of the distortion signals taken 
as a percentage of the average distorted am- 
plifier output, rather than measuring rms 
figures. 

4. This operation in effect demodulates the 
high frequency signal from the high pass fil- 
ter. From the demodulated signal an average 
value is taken as a reference for the percent 
distortion. The intermodulation components 
(low frequencies) are then separated from the 
high frequency by the low pass filter. 
5. See, for example, Callender, M.V. and S. 

Matthews "Relations between Amplitudes of 
Harmonics and Intermodulation Frequencies," 
Electronic Engineering (June, 1951), P. 230, 
and D.E. O'N. Waddington "Intermodulation 
Distortion Measurements," Journal of Audio 
Engineering Society (July, 1964), Vol. 12, #3, 
P. 221. 
6. Shorter, D.E.L. "The Influence of High Or- 

der Products in Non-linear Distortion," Elec- 
tronic Engineering (April, 1950), P. 152. 

7. Callender and Matthews, op. cit. 
8. See also "Amplifier Requirements & Speci- 
fications," AUDIO, (April, 1971), Vol. 54, #4, 
p. 32. 

Unclipping Power. 700 Watts. 
(High fidelity. The concept isn't new-but the power you need to hear it is) 

High fidelity means low distortion. 
A good amp will give you low dis- 
tortion - when it's not clipping. 
But your typical 150 watt per chan- 
nel number is going to clip. Even 
with the best and most modern 
speaker systems, there's just not 

enough power to avoid overload 
during low frequency passages. 
And on musical peaks. You need 
unclipping power to prevent over- 
load - and distortion. Phase 
Linear is unclipping power. 700 

watts. It's the untypical solid state 
amplifier with the three year guar- 
antee - on parts and labor. 700 

watts of high fidelity power at $779 

suggested retail price. 

That's not typical either. 

The Phase Linear power sound is at your dealer's. 
Or write Phase Linear, 405 Howell Way, Edmonds,Wa. 98020 for information. 
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POWER - Better than 350 watts/ 
channel R.M.S., both channels driv- 
en into 8 ohms, 0 to 20 kHz. 
HARMONIC or I.M. DISTORTION - 
less than .25%; typically .01%. 

POWER at CLIPPING - 450 watts 
per channel R.M.S. at 8 ohms. 720 
watts per channel. R.M.S. at 4 ohms. 
270 watts per channel R.M.S. at 16 
ohms. 
FREQUENCY RESPONSE - 0 to .25 
mHz. 
DAMPING RATIO - 1,000 to 1, 6' 

20 Hz. 
HUM & NOISE - Better than 100 dB 
below 350 watts; typically 110 dB. 



Amplifier Q's and A's -- 
Mainly For Beginners 

Q. Is it still necessary for amplifiers to 
be divided into a preamp and a power 
unit? Why should I be bothered with all 
those connecting cables? 
A. Years ago, in the tube era, were 
several advantages in having separate 
units. For some cabinet installations, 
the main amplifier with its massive 
power and output transformers could 
be placed at the bottom, leaving the 
control unit to be mounted in the most 
convenient position. Secondly, the radi- 
ated hum field from the power trans- 
former was more difficult to control in 
an integrated unit. Thirdly, the sheer 
size of a high -power integrated unit 
was a disadvantage in itself. But with 
solid-state techniques these advantages 
have tended to disappear. Power trans- 
formers can be much smaller and there 
are no output transformers to contend 
with. And so, integrated amplifiers 
with powers up to 100 watts per chan- 
nel are every bit as good as separates. 
But for very high powers-of the order 
to two or three hundred watts, there is 
the problem of size and heat dissipa- 
tion, and so separates are to be pre- 
ferred. 

Q. How about receivers? Are separate 
tuners and amplifiers better? 
A. Much the same arguments apply 
here too. Two big problems with FM 
tuners using tubes was drift caused by 
heat dissipation, and, secondly, size. 
Now, many receivers have very elabo- 
rate amplifier sections and give a high 
standard of FM performance too. Even 
so, separate tuners are still recom- 
mended for those who want the last dB 
of performance. And, of course, they 
are even more versatile-why buy a 
new set of equipment if all you need is 
better FM reception? 

Q. I can see that transistors have many 
advantages over tubes-freedom from 
microphony, less hum, small size, and 
they do not age. But aren't these ádvan- 
tages realized at the expense of noise 
and distortion? 
A. Definitely not! Taking the question 
of noise first, modern audio transistors 
can have a significantly lower noise 
level than the very best tubes-which 
is one reason why they are extensively 
used in studio equipment and micro- 

phone preamplifiers working with 
extremely small signals. As for distor- 
tion, it must be said that many early 
solid-state amplifiers had a higher 
distortion than their tube counterparts. 
Crossover distortion was a problem at 
low volume levels and another factor 
was the actual distribution of spurious 
harmonics. Although the overall meas- 
urable distortion might be quite low, 
the proportion of high order harmonics, 
like the fifth, seventh, and ninth, was 
high. It has long been known that these 
high order harmonics are subjectively 
more unpleasant and in fact, several 
proposals have been made for a real- 
istic "weighting factor." The effect, 
as far as the listener is concerned, is 
a harshness of the sound, variously in- 
terpreted at the time as a brilliance, a 
clarity, or "that transistor sound." But, 
of course, during the past few years, 
developments in circuitry and improve- 
ments in transistors have changed the 
picture completely. Modern solid- 
state amplifiers have a lower distor- 
tion and better signal-to-noise ratio 
than possible with tube amplifiers. 
Elimination of the output transformer 
(necessary with tubes) has meant that 
the designer can achieve stability, wide 
bandwidth, good transient response, 
and a damping factor effective over 
the whole band. True, all these para- 
meters can be met with output trans- 
formers but not too easily and cer- 
tainly not cheaply. For instance, to 
maintain the low frequency response, 
a high primary inductance is required, 
but the windings have to be section- 
alized to reduce self -capacity or high 
frequency and stability will suffer. As 
a matter of interest, some time ago. 
Peter Walker demonstrated a bridge 
method of evaluating the distortion of 
an amplifier using any kind of input 
signal, including speech and music. 
Briefly, it involved the balancing out of 
the input signal with the output-what's 
left is distortion, a deviation from the 
original. It could be displayed on an 
oscilloscope or amplified and fed into 
a loudspeaker if so desired. Obviously, 
this method must be almost foolproof 
as it takes into account IM, THD, tran- 
sient mutilations, frequency deviations, 
thermal effects, and so on. I said almost 
as phase effects could cause instability 
unless precautions are taken. At the 
demonstration, Peter Walker proved 
that the distortion detected by the 
bridge was greater on his old and re- 

spected Quad tube amplifier than on 
his 303 transistor amplifier! 

Q. If I buy an add-on power amplifier 
for quadraphonic sound, will I need the 
same power for the rear channels? 
A. Yes. Many recordings demand equal 
power from all four speakers although 
a few use ambience only for the rear 
channels. Overall sound level, however, 
should be about the same as for con- 
ventional two -channel, although opin- 
ion is divided on this issue. 

Q. What noise level is inaudible? My 
amplifier is rated at 65 dB for PHONO, 

yet the background noise is quite loud. 
A. This is not an easy question to an- 
swer because there are so many factors 
involved. Here are some of them: Dis- 
tribution of the noise (i.e., the propor- 
tions of low and high frequencies), 
loudspeaker characteristics, room char- 
acteristics, and method of measuring. 
A speaker system with a "peaky" treble 
will over -emphasize hiss, and obviously 
a low frequency hum of 60 Hz would 
be more audible from a loudspeaker 
with a resonance in that region. Again, 
a hum that would be completely inau- 
dible on a small bookshelf speaker 
might be unbearably loud on a large 
corner horn system. In practice, a signal- 
to-noise ratio of 50 dB or above (re- 
ferred to full amplifier rated output) 
would be unobjectionable. 

Q. Is there any point in buying an am- 
plifier having a higher output than I 
need? Would it sound cleaner at low 
levels? 
A. In general, it is wise to allow as 
large a factor of safety as possible. 
It would surprise many people to know 
that what often passes as a roughness 
in the sound or is dismissed as a re- 
cording defect is actually overloading. 
Many of our present day loudspeakers 
are relatively inefficient (0.5% is not 
uncommon) and they really do need a 
fair amount of power, especially in a 
large, well -damped room. Usually, 
there is no detectable difference be- 
tween very large and small amplifiers 
at low listening levels, although it must 
be said that transient peaks are often 
larger than many people imagine! A lot 
depends on the amplifier's overload 
characteristics-some clip peaks cleanly 
without fuss, while others produce an 
excruciating noise! G. W. T. 
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New Amplifiers and Preamplifiers 
The following are specifications 

for amplifiers and preamplifiers 
recently introduced. Note that they 
are supplied by the manufacturer 
and are not the result of tests by this 
magazine. A more complete direc- 
tory, giving data on earlier models, 
was published in the September, 
1971, issue. Single copies may be 
obtained for 60e from the Sub- 
scription Manager, AUDIO Magazine, 
134 No. 13th St., Philadelphia, Pa. 
19107. 

*Power Output -Wattage rms per 
channel, usually with 8 ohm loads, 
both channels driven simultaneously. 

*THD-Total Harmonic Distor- 
tion measured at 1000 Hz for full 
rated power output. Top -of -the -line 
units have less than 0.5% THD. 

*IM -Another form of distortion, 
also measured at rated power output. 
IM means intermodulation and 
refers to the sum -and -difference 
tones produced by the interaction of 
two wanted tones. Should be less 
than 1.0% up to full power. 

*Power Bandwidth -The range, in 
Hz, over which the power output 
does not fall by more than half, 
i.e. 3 dB. Top units rate at 20 to 
30,000 Hz. 

*Frequency Response -Again, a 
range in Hz, but measured at the 

1 watt power output level (rather 
than at full output as with band- 
width). Limits depend on engineer- 
ing philosophy. 

*S/N, Phono -The signal-to- 
noise ratio through the phono 
input. Anything over 60 dB is a 
good figure. 

Two -Channel 
Preamplifier 

Marantz 3300 

Freq. Resp.: 6 to 80,000 Hz -3 dB 
THD: 0.2% IM: 0.2% 
S/N, Phono: 100 dB 
Phono Sensitivity: 1.35 µV 
Features: Straight-line tone con- 
trols, speaker switch, 2 tape monitors, 
variable central channel output. 
Price: $395.00 

Four -Channel 
Integrated Amplifiers 

JVC DCA -V10 
Power Output: 15 watts / channel 
THD: 0.5% 
Freq. Resp.: 8 to 100,000 Hz 
S/N Ratio: 90 dB 
Features: 4 -chan. CD -4 indicator, 
phone jacks, and remote control 
jack. 
Price: Not yet fixed. 

Dynaco SCA-80Q 
Power Output: 40 W per chan. 
THD: 0.5% IM: 0.5% 
Power Bandwidth: 8 to 50,000 Hz 
Freq. Resp.: 15 to 50,000 Hz ±0.5 dB 
S/N, Phono: 60 dB 
Features: Quadaptor, balancing 
switch. 
Price: $169.95, kit; $249.95, wired. 

Pioneer QA -800 
Power Output: 20 W per chan. 
THD: Less than 0.5% IM: Less than 
0.8% 
Power Bandwidth: 15 to 50,000 Hz 
Freq. Resp.: 8 to 70,000 Hz ± 1 dB 
Features: Quadralizer, 2 or 4 chan. 
operation, 2 phono, tape and AUX 

inputs, filters, 20 dB muting switch. 
Price: $349.95 

Rotel RA -314 
Power Output: 21 W per chan. 
THD: 0.2 1M: 0.5% 
Power Bandwidth: 25 to 30,000 Hz 
Freq. Resp.: 20 to 35,000 Hz + 1.5 
dB 
S/N, Phono: 60 dB 
Features: 4 -chan. discrete and 
matrix, 2 phone jacks. 
Price: $229.95 

Fisher TX -420 
Power Output: 15 W per chan. 
THD: 0.5% IM: 0.8% 
Power Bandwidth: 30 to 20,000 Hz 
Freq. Resp.: 20 to 25,000 Hz ±2 dB 
S/N, Phono: 65 
Features: 4 -chan. 8 -track player, 
matrix decoder. 
Price: $299.95 

Kenwood KA -8044 
Power Output: 22 W per chan. 
THD: 0.5% 
Power Bandwidth: 15 to 70,000 Hz 
Freq. Resp.: 15 to 50,000 Hz 1 dB 
S/N, Phono: Better than 65 dB 
Features: Handles discrete or coded 
sources, synthesizes, 4 VU meters, 
front and rear tone controls. 
Price: $299.95 
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Two -Channel 
Integrated Amplifiers 

3 3 3 3 ® «N... 1 
Nikko TRM-400 
Power Output: 16 W per chan. 
THD: 1.0% IM: 1.0% 
Power Bandwidth: 30 to 20,000 Hz 
Freq. Resp.: 20 to 30,000 Hz +1 dB 
S/N, Phono: 60 dB 
Features: Filters, 2 outputs, mag.- 
cer. switch. 
Price: $109.95 

Marantz 1060 
Power Output: 30 W per chan. 
THD: 0.3% IM: 0.5% 
Power Bandwidth: 15 to 40,000 Hz 
Freq. Resp.: 15 to 40,000 Hz ±2 dB 
S/N, Phono: 65 dB 
Features: 2 front mic inputs, step 
tone controls, spkr. switch. 
Price: $189.00 

ZIMr ,a311111B 

Revox A78 
Power Output: 40 W per chan. 
THD: 0.1% IM: 0.3% 
Power Bandwidth: 10 to 40,000 Hz 
Freq. Resp.: 20 to 20,000 Hz +1 dB 
S/N, Phono: 80 dB 
Features: Sep. adjust. inputs, step 
tone controls. 
Price: $325.00 

1 i1-e 
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Pioneer SA -800 
Power Output: 34 W per chan. 
THD: 0.5% IM: 0.5% 
Power Bandwidth: 5 to 50,000 Hz 
Freq. Resp.: 5 to 80,000 Hz ±1 dB 
S/N, Phono: 80 dB 
Features: Direct coupled output, 
2 tape mon., step tone controls. 
Price: $239.95 

TEAC AS100 
Power Output: 30 W per chan. 
THD: 0.2% IM: Less than 0.2% 
Power Bandwidth: 10 to 40,000 Hz 
Freq. Resp.: 5 to 200,000 +0 -2 dB 
S/N Ratio: Better than 90 dB 
Features: Step tone controls, front 
panel tape jacks, 2 AUX and PHONO 
inputs, spkr. switch. 
Price: $299.50 

Standard PM -158 
Power Output: 7.5 W per chan. 
THD: 0.5% IM: 0.2% 
Power Bandwidth: 30 to 25,000 Hz 
Freq. Resp.: 20 to 30,000 Hz ±3 dB 
S/N, Phono: 60 dB 
Features: Mag. or x -tal switch. 
Price: $69.95 

Olson AM -375 
Power Output: 40 W per chan. 
THD: 0.4% IM: 0.1% 
Power Bandwidth: 20 to 20,000 Hz 
Freq. Resp.: 10 to 25,000 Hz +1 dB 
S/N, Phono: 60 dB 
Features: Distortion level indicator. 
Price: $139.00 

Sherwood 9500C 
Power Output: 45 W per chan. 
THD: 0.9% IM: 0.6% 
Power Bandwidth: 8 to 35,000 Hz 
Freq. Resp.: 20 to 20,000 Hz ±0.5 dB 
S/N, Phono: 65 dB 
Features: Spkr. switch, filters, 2 

AUX inputs. 
Price: $199.95 

Hitachi IA -1000 
Power Output: 70 W per chan. 
THD: 0.1% 
Power Bandwidth: 10 to 100,000 Hz 
Freq. Resp.: 10 to 100,000 +1 dB 
S/N, Phono: 65 dB 
Features: Step tone controls, filters, 
tape mon., spkr. switch. 
Price: $319.95 
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Four -Channel 
Power Amplifiers 

Pioneer QM -800 
Power Output: 25 W per chan. 
THD: 0.5% IM: 0.5% 
Power Bandwidth: 10 to 50,000 Hz 
Freq. Resp.: 5 to 80,000 Hz +1 dB 
S/N Ratio: 90 dB 
Features: 4 VU meters, meter level 
switch, input level switch. 
Price: $299.95 

Two -Channel 
Power Amplifiers 

. . . 
Crown DC -4000 
Power Output: 2,000 W per chan. 
THD: Less than 0.1% 
IM: Less than 0.1% 
Power Bandwidth: 20 to 20,000 Hz 
Freq. Resp.: 0 to 20,000 Hz ±0.1 dB 
Features: Peak reading power output 
indicator. 
Price: Not yet determined. 

Add-On Convertors 

Sanyo DCA1500X 
Power Output: 40 W per chan. 
Power Bandwidth: 50 to 15,000 Hz 
Freq. Resp.: 20 to 20,000 Hz 
S/N Ratio: 60 dB 
Features: Matrix or discrete switch, 
2 or 4 chan., headphone jack. 
Price: $99.95 

JVC VN -5101X 
Power Output: 15 watts / channel 
Freq. Resp.: 20 to 50,000 Hz 
S/N Ratio: Better than 70 dB 
Features: CD -4 demodulator, 5 tone 
controls, master volume, remote 
balance control jack. 
Price: Not yet determined. 

Sansui QS -100 
Power Output: 15 W per chan. 
THD: Less than 0.8% IM: Less than 
1% 
Power Bandwidth: 25 to 40,000 Hz 
Freq. Resp.: 20 to 50,000 Hz ± 1 dB 
Features: Synthesizer/decoder, 4 VU 
meters, front/rear and left/right 
balance switches. 
Price: $209.95 

Pioneer QL-600 
Power Output: 10 W per chan. 
THD:0.5% IM:1.0% 
Freq. Resp.: 20 to 20,000 Hz +1 dB 
Features: Matrix or phase shift 
switch, 4 VU meters, 4 level con- 
trols plus meter controls. 
Price: $199.95 

eçad 

Phase Linear 400 
Power Output: 200 W per chan. 
THD: 0.25% IM: 0.25% 
Power Bandwidth: 0 to 20,000 Hz 
Freq. Resp.: 0 to 250,000 Hz 
Features: 2 VU meters. 
Price: $499.00 

Dunlap -Clarke D 800 
Power Output: 225 W/chan. 
THD: Less than 0.075% 
IM: Less than 0.1% 
Power Bandwidth: 10 to 50,000 Hz 
Freq. Resp.: 20 to 20,000 Hz. +0.5dB 
Features: Meters optional, levels 
controls and speaker selector. 
Price: $449.95 

Crown DC1200 
Power Output: 600 W per chan. 
Thd: Less than 0.25% 
IM: Less than 0.25% 
Power Bandwidth: 20 to 20,000 Hz 
Freq. Resp.: 0 to 20,000 Hz ±0.1 dB 
Features: Peak -reading output indi- 
cator, protection against shorts, 
mismatching, open circuits. 
Price: Not yet determined. 
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Equipment Profiles 
BIC/LUX 71/3R AM/FM Stereo Receiver 5 0 Sony 1130 Integrated Amplifier 54 

Wollensak 6364 2/4 -Track Tape Recorder 57 

BIC/LUX 71/3R AM/FM Stereo Receiver 

MANUFACTURER'S SPECIFICATIONS 
Tuner Section, FM. Sensitivity, IHF: 2.0 µV. S/N: Better 
than 60 dB. THD, Mono: 0.3%. Capture Ratio: 2.5 dB. 
IF Rejection: 70 dB. Image Rejection: Better than 50 dB. 
Spurious Response Rejection: Better than 75 dB. AM Su - 
pression: -70 dB. Stereo FM Separation, 1kHz: 40 dB. 
Tuner Section, AM. Sensitivity, External Antenna: 20 V. 
Image Rejection: -75 dB. I.f. Rejection: -80 dB. 
Amplifier Section. Power Output, rms, both channels 
driven, 8 ohm loads: 50 watts per channel; 4 ohm loads: 60 
watts per channel. Rated THD: 0.3% Rated IM Distortion: 
0.3%. Frequency Response: 10 Hz to 50 kHz +1 dB. Power 
Bandwidth: 15 Hz to 30 kHz. Damping Factor: Greater than 
50 at 8 ohms. Hum and Noise: Volume control at minimum, 
better than 75 dB; Phono inputs, better than 60 dB, with 
reference to rated sensitivity and output. 
General. Dimensions: 181/2 in. W. by 1334 in. D. by 6 in. 
H. Retail Price: $550.00, optional walnut exclosure extra. 

If the name seems unfamiliar, a word of explanation may 
be in order before discussing this outstanding receiver from 
BIC/LUX. BIC stands for British Industries Co., the people 
who introduced and popularized the Garrard record changers 
in the United States. Lux is a well-known and respected audio 
equipment manufacturer in Japan which has been in the busi- 
ness of producing high quality audio equipment there for 

over four decades. The introduction of the Model 71 /3R to 
this country (Lux products are already widely distributed in 
Europe) represents British Industries' entry into electronics, 
and a most auspicious entry it is, too. The amplifier section of 
this all -in -one receiver outperforms just about every separate 
integrated amplifier in this power category, while the tuner 
section sports a new form of center -tuning sensing circuitry 
which makes it a joy to use. 

To begin with, the 71/3R is a BIG unit, ruggedly built 
and beautifully packaged. Signal source selection is accom- 
plished by means of a vertical row of push buttons at the left 
of the panel. External inputs include a pair of phono stereo 
inputs (2 mV and 10 mV sensitivity) and a pair of high- 
level auxiliary inputs. The black-out dial area becomes il- 
luminated in white light when the AM button is depressed 
and in green when FM is selected. When other sources are 
chosen, the dial scale itself vanishes and the selected source 
is designated in illuminated red letters in the lower portion 
of the blacked out dial area. The dial area also contains a 
signal -meter, a massive tuning knob coupled to an effective 
flywheel, and the CENTER -TUNE indicator light. Stereo recep- 
tion is indicated by the word STEREO which becomes illumin- 
ated beside the CENTER -TUNE light. At the extreme right of the 
dial area are four miniature push-button/rotary control com- 
binations. Three of these are used to pre-set favorite FM sta- 
tions by means of adjacent miniature replicas of the main FM 
dial scale. Rotation of the pre-set knob sets desired pre-set 
frequencies while depressing the same knob (providing the 
main FM selector is also depressed) selects the given pre-set 
station automatically after it has once been set. The lowest of 
the four miniature controls is depressed for manual tuning. 
This knob has two positions of rotation as well: one for "dis- 
tant" FM reception and one for "local." The lower half of 
the extruded gold -anodized front panel contains the rest of 
the amplifier controls. Included are a pair of TAPE IN, TAPE OUT 

phone jacks (duplicating the tape jacks on the rear panel), 
a TAPE MONITOR switch, a stereo -mono MODE Switch, BASS 

and TREBLE controls (dual concentric knobs enable adjust- 
ment of bass or treble for left or right channels separately), 
switches for Low and HIGH filters and LOUDNESS compensa- 
tion, dual concentric, clutch -action volume controls, MAIN 

and REMOTE speaker switches, a stereo phone jack, and a 
separate push -push power ON/OFF switch. Two departures 
from conventional receiver design should be noted. For one 
thing, there is no balance control. Since dual concentric, 
clutched volume controls are used, once relative level between 
left and right channels has been established, the two controls 
operate together, maintaining perfect tracking at other volume 
settings. Most conventional balance controls inevitably intro - 

50 AUDIO OUR 25TH YEAR FEBRUARY 1972 



duce passive gain loss, but by eliminating their need in this 
way, the BIC/LUX 71/3R actually picks up a couple of dB 
of signal-to-noise advantage while still affording a means for 
perfect left -right balance. The second departure from con- 
ventional design are a pair of turnover selector knobs, each 
associated with its respective pair of tone controls. The problem 
with most tone control circuits is that however well cali- 
brated they may be, they tend to lift or attenuate several 
octaves of the audio spectrum. Thus, if a bit of adjustment of, 

say, all frequencies below 150 Hz is required, resetting the 
bass control of most sets will also affect frequencies up to 500 

or 1000 Hz. If attenuation is required, low and high frequency 
filters often can accomplish the desired effect, but if slight 
boosting of the "ends" of the spectrum is needed, this re- 
ceiver's tone control arrangement facilitates such correction. 
Each "turnover" selector has four settings (oFF, 150, 300 and 600 

for the bass side and OFF, 6K, 3K and 1.5x for the treble) 
which determine the frequency at which boost or attenuation 
begins. In the OFF positions, the tone controls are removed 
from the circuitry entirely, insuring perfectly flat response for 
the purists. Variable crossover selection is sometimes found 
on the very best integrated amplifiers but this is the first time 
we've encountered it on a complete receiver. 

The rear panel layout of the BIC/LUX 71/3R receiver, 
shown in Fig. 1, contains, in addition to the main line fuse, 
a pair of speaker fuses, one for each channel. Two unswitched 
and one switched convenience a.c. outlets are provided, and 
antenna connections are available for either 75 ohm or 300 
ohm transmission lines, as well as for an external AM antenna 
wire. Speaker terminals are spring loaded so that the stripped 
end of your speaker wire is firmly gripped when the terminal 
is released. This arrangement almost precludes the possibility 
of "short circuits." An AM ferrite antenna rod can be swung 
away from the chassis surface to minimize the attenuating 
effects of the metal heat sink. The usual array of input and 
output jacks and a grounding terminal completes the back - 
panel layout. 

The internal layout of the chassis contains 11 modular 
sections, some of which are mounted below chassis surface 
and can therefore not be seen in Fig. 2. Of particular interest 
to us was the unique CENTER TUNE circuitry, which British 
Industries Co. (with some justification) has called a COMPUTER 

circuit. A close-up view of the FM i.f. and COMPUTER circuit 
board (Fig. 3) gives an idea of its complexity. Actually, the 
FM i.f. circuits occupy only the upper third of this p.c. board. 
The entire lower section is devoted to the COMPUTER circuitry 
which utilizes no less than 18 transistors, eight signal diodes, 
and four extra tuned circuits. This circuit, in effect, senses 
three signal characteristics, noise, distortion, and accuracy of 
tuning. What's more, it operates for both FM and AM re- 
ception, allowing only perfectly tuned signals to be heard. In 
its FM use, the circuit is quite different from any conven- 
tional muting circuits which we have seen. When the LOCAL - 

DISTANT switch is set to the DISTANT position, signals as 
low as 1.5 µV will be heard when properly tuned in, and yet 
there is absolutely no interstation noise present even when such 
weak signals are detuned. Further, there is no transitional 
region. That is, the signal is either received with minimum dis- 
tortion or it is rejected-and no sound whatever is heard. As 
you tune across the dial, signals are received or "turned on" 
with absolutely no popping or clicking sounds and as you leave 
each one, the sound is again "turned off' without any "side 
effects." Interestingly, the signal strength meter (which might 
seem redundant) serves a useful purpose in the tuning pro- 
cedure. As you approach a station frequency, the meter needle 
begins to deflect-often quite a bit-long before sound is 

Fig. 1-Showing the back panel. 

Fig. 2-View from above. 

heard. At one exact point in the "cresting" of the meter needle, 
sound comes on-and the CENTER -TUNE light becomes illum- 
inated, indicating that perfect tuning has been achieved. 

The power amplifier modules (seen mounted perpendicular 
to the chassis surface in Fig. 2) are fully d.c. coupled circuits, 
requiring no output coupling capacitor. Input stages are dif- 
ferential amplifiers and the output circuit is a complementary 
type. A schematic of this section (one channel) is shown in 
Fig. 4. Transistors Q758 and Q754, together with their asso- 
ciated diodes comprise a protective circuit and form a sort 
of bridge circuit in which the speaker load becomes one of 
the branches of the "bridge." Low values of load impedance, 
for example, cause Q759 and Q758 to turn oN and prevent 
the signal from being fed to the output stages when excessive 
current might otherwise flow. We can attest to the fact that the 
circuit is "short -proof" even when extended short circuits 
are maintained across the speaker output terminals. In fact, 
we wonder about the speaker line fuses-we could not cause 
them to "blow" under any conditions of short circuiting which 
we tried. 

Performance Measurements 
Figure 5 plots various characteristics of FM performance of 

the 71/3R. As can be seen, measured performance exceeded 
claims, in that IHF sensitivity measured 1.7 µV. (IHF measure - 
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Fig. 3 -FM i.f. and COMPUTER circuit board. 

ments are taken at 98 MHz. At 88 MHz least usable sensitivity 
was actually a bit better, measuring 1.6 µV, while at the high 
end of the band we measured 1.9 µV, again better than pub- 
lished claims). Ultimate S/N was a respectable 68 dB, but 
more importantly, S/N at a mere 5µV already measured 57 
dB! To us, this figure is more meaningful than the IHF 
sensitivity, for it means that signals received with a signal 
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strength of only 5 µV are noise -free and listenable. Interestingly, 
while the CENTER -TUNE circuits were set to about 1.5 µV in 
the DISTANT position, in the LOCAL position triggering took 
place for all signals having strengths above 5 µV. Thus, if 
you're interested in listening to stations that are both per- 
fectly tuned and devoid of audible noise you merely have to 
set the switch to the LOCAL position and you are then assured 
that any station that "turns on" the computer circuits is ar- 
riving with a signal-to-noise ratio of at least 57 dB. Listeners 
who wish to DX have the option of the DISTANT position of 
the switch -at which setting they can receive signals down to 
1.5 µV, which is about the practical and theoretical limit for 
FM. 

THD in MONO measured 0.2%, better than claimed, while in 
stereo we measured 0.4%. We could not pin -point the exact 
signal strength required for full limiting in Fig. 5, since it 
takes 1.5 µV of signal to "turn on" the audio, and by that 
time, full limiting was already in evidence! 

Stereo separation characteristics are plotted in Fig. 6 and, 
mid -frequencies the figure obtained was 42 dB (and was 
tctly the same in the opposite channel, not shown). At 50 

Hz, separation was still in excess of 30 dB, while at 10 kHz 
we read a separation of 28 dB. 

When we started to measure the power amplifier perform- 
ance of the Model 71 /3R, we thought that perhaps we had 
gotten hold of a higher powered model (B.I.C. has announced 
a second receiver model which will feature higher power than 
the 71/3R while most other features will be similar.) Talk 
about conservatism! (Is it synonymous with the "British" in 
British Industries?) This amplifier section was not even near 
ready to quit at 50 watts per channel, both channels driven. 
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Fig. 4 -Schematic of power amplifier module (one channel). 
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In fact, we reached rated THD at 63 watts per channel, with 
8 ohm loads. Intrigued by this "under -rating," we measured 
the output using 4 -ohm loads and read 82 watts per channel 
before reaching rated THD (0.3%). At rated power output 
THD was a miniscule 0.07%. At no power level below rated 
did the THD exceed 0.1%, as can be seen in the curve of Fig. 7. 

Power bandwidth was equally incredible. Only when we 
realized that BIC was quoting power bandwidth in terms of 
-1 dB from rated power (IHF standards dictate a -3 dB or 
"half power" reading), were we able to explain the discrepancy. 
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Fig. 5-FM (mono) characteristics. 
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Fig. 9-THD vs. frequency at 1 watt and 50 watts per channel. 

Using the -3 dB reading, the power bandwidth we obtained 
extended from 8 Hz to 35 kHz. More important, when we 
confined our measurements to the 20 to 20 kHz range, we 
were able to obtain 50 watts per channel at every frequency at 
less than rated THD. This is illustrated graphically in Fig. 9, 
along with THD readings at other, lower power levels. Figure 
8 is a plot of power bandwidth, using the conventional IHF 
references. 

The action of the various bass and treble crossover settings is 
graphed in Fig. 10 and helps to further explain the advan- 
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Fig. 6-Stereo FM separation characteristics. 
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Fig. 10-Tone control range at the various crossover selections. 
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tage of this feature. The HIGH and Low frequency filter action 
is plotted in Fig. 11 and is seen to have slopes of only 6 dB per 
octave. Normally, we like to see 12 dB slopes in these filters 
but, frankly, with the extra flexibility inherent in the tone con- 
trol variable crossover features, you're not likely to depend 
upon these filters for much anyway. 

British Industries makes a point in their literature about the 
ability of this receiver to reproduce square waves accurately 

100 1K 

FREQUENCY -Hz 

Fig. 11-Filter characteristics. 

A 

10K 20K 

B 

Fig. 12-Square-wave response at A 20 Hz and B 20 kHz. 
Upper trace is input. 

throughout the audible spectrum, so we thought we'd check 
this out as well. Rather than photograph square -waves at 100 
Hz and 10,000 Hz, as is our normal practice, we decided to 
make things a little bit more difficult and used 20 Hz and 20 
kHz. The results speak for themselves in Fig. 12. The only 
comparable square -wave performance we have ever run across 
was in an amplifier -preamplifier combination of somewhat 
higher power which sells for $700.00. The upper trace in each 
case is the input square wave as produced by our square wave 
generator. This is shown because it is not perfectly square at 20 
Hz and we would not want to fault the 71/3R which is, in 
fact, reproducing just about what is fed to it. 

Listening Tests 
Station logging with the BIC/LUX 71/3R we were able to 

receive 52 listenable stations when the receiver was set in the 
DISTANT setting. In the LOCAL position, this figure was re- 
duced to 46, which means that six stations were previously 
received with signal strengths of between 1.5 and 5µV and 
were considered quite listenable. The gain of the FM section 
is such that it is possible to attain quite high listening levels 
at about 1 o'clock on the dual volume controls and it was 
therefore early in our listening tests that we began to realize 
that this amplifier was not the typical amplifier portion of a 
receiver. No matter what listening level we used this ampli- 
fier just refused to quit and exhibited a transparency and 
crispness which belies description. Fortunately, we do have a 
few carefully transmitted FM signals in our area (all too few, I 
must confess) and it is to these few that we listened exten- 
sively. One thing about a piece of equipment such as this is 
that it must be fed with good, clean program sources if its re- 
production capability is to be fully appreciated. A new Colum- 
bia release of Santana served as our audition record in the 
PHONO input department and it is replete with those percus- 
sive and dynamic sounds that separate the superior ampli- 
fiers from their lesser cousins. The BIC/LUX 71/3R is defin- 
itely in the former category. In fact, this receiver should be 
auditioned by anyone interested in finding out what state -of - 
the art solid state design has been able to achieve after only 
a decade of popular use. The tuner section is fine, the center - 
tune feature is great to use, but that amplifier has got to be 
heard to be believed. Leonard Feldman 

Check No. 54 on Reader Service Card 

Sony 1130 Integrated Amplifier 

MANUFACTURER'S SPECIFICATIONS 
Power Output: 65 + 65 watts at 8 ohms, 70 + 70 watts 
at 4 ohms, for 0.1% THD. Power Bandwidth (IHF): 7 to 
30,000 Hz. Sensitivity: Phono, 1.2 mV; AUX, Tuner, Tape, 
130 mV. Signal/Noise: Phono, 70 dB; Others, 90 dB 
(weighted). Frequency Response: 10 to 100,000 Hz +0, 
-2 dB. Filters: Low, 6 dB/octave below 100 Hz; High, 6 

dB/octave above 7,000 Hz. Tone Controls: Bass, 100 Hz 
± 10 dB; Treble, 10,000 Hz ± 10 dB; in ten 2 dB steps. 
Dimensions: 15344 in. W. by 12'/a in. D. by 5'/a in. H. Price: 
$371.50 (plus applicable surcharge), wooden case: $24.50. 

The Sony 1130 is an excellent example of the progress made 
in amplifier design over the past few years. It is quite small in 
size and not that expensive either, but the specifications were 
barely approached by top quality, highly expensive units only 
a short while ago. It has ample power for most purposes, 
distortion is almost immeasurable below its rated output, and 
just take a look at the facilities: Switched Low and HIGH 
filters, two PHONO inputs (useful for comparisons), provision 
for using the main amplifier or the preamplifier independently, 
auxiliary input sockets on the front panel, speaker switch, 
stereo mode selector, tape monitor level switch, and so on. 
Step -type tone controls are used-these are a little expensive, 
but many people prefer the positive, repeatable action to the 
smoother control of the continuously variable kind. Certainly 
they stand up to hard use better-as a rule! The power switch 
is a separate lever type, and there are three outlet sockets 
on the rear panel, two of which are switched. Also at the rear 
are slide switches to disconnect the preamplifier from the 
power amp-nice for wiring in an equalizer or quadraphonic 
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matrixer. Figure 1 shows the view inside-note the large 
power transformer and the big capacitors. 

Circuit Details 
The preamp section uses eight transistors per channel, four 

being FETs. Three of these are used for the feedback tone 
control stages, and one is at the input. Three silicon types are 
used in a muting circuit which effectively shorts the pre- 
amplifier output to ground for a short period after switching 
on. Thus any switching transients are prevented from reaching 
the loudspeaker. The main amplifier uses a differential input 
stage, an NPN-PNP complementary driver arrangement feeding 
the NPN output transistors. A dual positive -negative power 
supply is employed, thus the loudspeaker is directly connected 
without a capacitor. A total of 11 transistors are used for each 
channel, plus a number of diodes which are employed in 
protection circuits. Six more transistors are used in the 
regulated power supply and a protection circuit. There are 
actually two kinds of protection-one for the power transistors 
and the other for the loudspeakers. A short circuit at the 
speaker terminals will limit the input signal applied to the 
output transistors by means of a fairly conventional type of 
trigger circuit. The speaker protection circuit is similar to the 
one used on the larger TA-320OF (reviewed November, 1970) 

and is shown in Fig. 3. The output signal is take from the 
output terminal through a low-pass filter (R140 or R240, C313 
and C314) and fed to a bridge rectifier (D307 through D310). 
Because of this filter, the only voltage applied to the bridge 
rectifier is the very low -frequency or d.c. component that 
might be caused by transistor faults. When this d.c. rectified 
voltage becomes large enough, it starts the Hartley oscillator 
(Q303 and Tosc). The oscillator output is rectified by D311 
and thus provides trigger voltage for the SCR -D-317 when 
trigger voltage is applied to the gate of the SCR, the SCR 
turns on and shorts the base voltage to ground through D312, 
the SCR, and D315. The base voltage of the other driver 
transistor is also shorted to ground through D313, the SCR, 
and D314, stopping any current flow in the output stage and 
thus protecting the speaker system. Quite a complex arrange- 
ment-unusual in a unit in this price range! 

Performance Measurements 
Power bandwidth curves are shown in Fig. 4, and it will be 

seen that half -power points are 17 Hz and just over 50,000 
Hz-very creditable. Figure 5 shows the THD and IM charac- 
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Fig. 3-Partial schematic of speaker protection system. w, x, 
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nected to a power limited or clamping circuit. 
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Fig. 6-Harmonic distortion versus frequency. 
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teristics. Rated output is given as 65 watts per channel into 
8 ohms, but this was found to be a conservative figure. With 
both channels driven, we measured more than 80 watts per 
channel at the rated THD and over 90 healthy watts at the clip 
point. Perhaps more importantly, power was well maintained 
throughout the band, as can be seen from Fig. 6. In theory, 
the absence of a coupling capacitor improves the damping 
factor and this was found to be about 120 from 10 to 5,000 Hz, 
falling to 85 at 10,000 Hz. Phono sensitivity came out at 1.1 
mV for full output and overload point was 86 mV. Input signal 
for the TUNER and Aux inputs was 160 mV. Signal/noise 
(unweighted, inputs terminated) was 66 dB for PHONO in- 
puts and 86 dB for the others (referred to 80 watts). Residual 
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noise, i.e. with the volume control at minimum, measured 
-87 dB. Crosstalk was -52 dB at 1000 Hz and -43 dB at 10,000 
Hz. Frequency response, measured from the TUNER input, 
was 1 dB down at 10 Hz and 100,000 Hz. Figure 7 shows 
the excellent square -wave response at 40, 1000, and 20,000 
Hz. Stability was checked with an electrostatic speaker load 
and was found to be completely satisfactory. Tone control 
response is shown in Fig. 8, high and low filters in Fig. 9, 
and loudness control in Fig. 10. 

Listening Tests 
How did the 1130 perform? Well, of course power output 

was ample for low efficiency speakers like the AR -3a or B&W 
70, and in a fairly large room, there was no danger of ampli- 
fier overloading. Bass was clean and well defined, with 
smooth, effortless treble. The tone controls were effective and 
the step indents gave a certain professional feel. (Incidently, 
I particularly liked the spring -loaded speaker terminals, which 
are far better than the fiddling screw -connectors used on too 
many receivers and amplifiers these days. Not only are they a 
nuisance to use but they are placed too close together for 
safety! So, full marks to Sony on this feature.) One other 
thing-the protection circuits really DO work, as I found out 
when I accidently shorted the output leads at the `scope! No 
smoke, no fuss. The waveform (a square -wave at 50 watts!) 
just disappeared and came slowly back. Very comforting. 

Summing up: the Sony 1130 can be recommended as a 
relatively inexpensive top-quality amplifier with solid per- 
formance and many refinements. T.A. 

Check No. 56 on Reader Service Card 
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Wollensak 
Recorder 
MANUFACTURER'S SPECIFICATIONS 
Recorder. Frequency Response: 35-20,000 Hz ±2dB at 
71 ips; 35-14,000 Hz ±2 dB at 33/4 ips; 35-10,000 Hz 
± 3 dB at 1'/s ips. 
Wow and Flutter: 0.12% at 71/2 ips; 0.20% at 33/4 ips; 
0.30% at 1'/8 ips. 
Signal -to -Noise Ratio: 54 dB at 71 ips. Speeds: 71/2, 33/4, 

and 1'/s ips. 
Crosstalk: Greater than 50 dB. Fixed Preamp Output: 1.0 V, 
each channel. 
Controlled Preamp Output: 0 to 1 .3 V, each front channel. 
Inputs: Microphone, Tuner, AUX, and Magnetic cartridge. 
Amplifier. Frequency Response: 20-20,000 Hz ±1 dB 
through microphone, tuner, and AUX inputs. 
Power Bandwidth: 18 to 22,000 Hz. Tone Control Range: 
±12 dB at 100 Hz; +7, -11 dB at 10,000 Hz. 
Dimensions: 19% in. W. x 133/4 in. D. x 61/2 in. H Weight: 
24 lbs. Price: $399.95. 

The rapidly growing interest in four -channel tapes makes 
this recorder especially valuable to those who are planning 
for the system -of -the -future. Providing complete stereo re- 
cording and playback facilities for conventional use together 
with four -channel playback, the Wollensak 6364 is convenient 
to use and includes features which set it apart from the general 
run of tape recorders. 

Electrically a three -head machine, the erase and record 
heads are of four -track, two -channel configuration and are 
combined in one unit physically. The play head is a four - 
channel structure and feeds four separate preamps for quad- 
raphonic operation. 

The pressure pads and the pinch roller swing forward and 
down to permit easy threading, and they provide excellent 
access to the head faces for cleaning. The head structure is 
covered by a 5/16 -in. thick clear plastic plate, allowing a view 
of the assembly even while operating. Two key -like controls 
toward the right of the front panel control the play and stop 
functions. A pause control integral with the play key holds 
the mechanism down until released to start the tape motion. 
Fast movement of the tape is controlled by a lever which 
moves to the right or left to produce fast forward or rewind 
motion respectively. Next to the left is the "Tape -Source" 
rocker switch which selects the feed to the monitor circuits. 
At the left end of the control panel are the two record -level 
controls, with microphone input jacks-standard phone type- 
between them. At the far right end of the control panel is 
the power switch, also a rocker type. 

Along the left side of the top panel are the amplifier oper- 
ating controls. Starting with the top, the first control adjusts 
the treble response of the "controlled preamp output" and 

Model 6364 Two/Four Channel Tape 

the output from the built-in power amplifiers. The next con- 
trol adjusts the bass to the same outputs. The balance control 
comes next, followed by the volume control. The input selector 
switch at the bottom of the panel selects between inputs from 
MICROPHONE, MAGNETIC PHONO CARTRIDGE, TUNER, and the 
ubiquitous AUX The two VU meters are just above the input - 
level controls, and the three -position speed switch is located 
just above the head assembly. The four -digit counter is 
mounted between the two reel hubs. The reel spindles are of 
an unusual and interesting as well as effective design-each 
has a single spline to locate the reel, and a detent ball keeps 
the reel in place. 

Along the left end of the walnut finished case is a panel 
which accommodates all the input connections except the 
microphone and headphone jacks, which are on the front 
panel. A pair of phono jacks for external speakers, also lo- 
cated on this left hand panel, provide sufficient power output 
for any conventional speaker system. Next is a pair of phono 
jacks labelled "controlled preamp output." This pair provides 
an output following the tone, volume, and balance controls 
and is useful when a higher level is desired than is available 
from the usual preamp outputs, which provide no- tone or 
level -control facility. The controlled preamp output is actually 
taken from the speaker output circuit, scaled down by about 
20 dB from the speaker terminals. 

Next come the preamp outputs for tracks 1 and 3, the usual 
stereo configuration, followed by a bias switch which provides 
for normal or high bias, the latter being required for certain 
types of tape. The preamp outputs for tracks 2 and 4 are next 
on the panel, and then two jacks are labelled "mixing inputs." 
These jacks permit a variety of different recording techniques, 
such as recording a microphone with an already -recorded 
track in the usual sound -on -sound and sound -with -sound 
methods, or a pseudo -stereo mono recording, or a reverberant 
stereo, or a reverberant enhanced mono recording, as well as 
multiple mixing, using an external mixer to balance the several 
sources. Exceptionally clear instructions are given for the 
patching between the various inputs and outputs for these 
techniques. 

The transport drive employs a heavy-duty induction -type 
motor for the capstan, with the usual three -step mechanism 
between the idler wheel and the heavy flywheel on the capstan 
shaft. Spooling employs a separate motor, a d.c. device en- 
closed in a shielded housing at the upper center of the unit, 
which drives the reel spindles through belts and also provides 
dynamic braking, thus eliminating the need for mechanical 
braking on the two spindles. The tape handling of the machine 
is smooth and was without any noticeable problem during 
the hours we operated it. 

Circuit Description 
Each of the four preamps employs two transistors in a feed- 

back -pair configuration, with equalization being switched 
from the 71/2-ips speed to that required for the two lower 
speeds. The preamp outputs are tapped off at this point on 
tracks 1 and 3 (tracks 2 and 4 have no further amplification) 
and also fed to the volume control and thence to the tone - 
control circuit, a Baxendall type. It is then further amplified 
by a two -transistor pair and fed to the three -stage power am- 
plifier which terminates in a complementary -symmetry stage. 
The balance control is just ahead of the power amplifiers. 

Each record amplifier employs a two -stage preamplifier 
which is flat for all but the magnetic phono input, and in 
that input it has the prescribed RIAA equalization, within 
±2 dB. The record -level control is next, with the mixing in- 
put fed to the arm of this control, and this is followed by a 
two -stage amplifier equalized for the record characteristics 
of the three speeds. Its output is then fed direct to the VU 
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meter network and to the recording head through the constant - 
current resistor. The two levels of bias are selected by a switch 
which parallels a capacitor across the usual capacitor in series 
from the bias feed to the erase heads. All the circuitry is 
simple and straightforward. The bias/erase oscillator employs 
two transistors in a balanced circuit and provides a bias fre- 
quency of 98.7 kHz. 

The power supply is conventional, with a bridge rectifier 
and adequate filtering to supply 50 volts for the output stages 
of the amplifier. The d.c. spooling motor gets the same in the 
fast mode and about 28 volts in the play mode. Progressively 
lower voltages are supplied to the earlier amplifier stages to 
provide better filtering of the low-level stages. A filament - 
type pilot light indicates when power is on by illuminating 
the VU meters, and the record indicator light is fed from the 
d.c. supply to the bias oscillator. 

A pair of dynamic microphones and a supply of audio cables 
are supplied with the unit. 
PERFORMANCE 

We noted the speed to be exact at 120 volts, 1 per cent slow 
at 100 volts, and 4.6 per cent slow at 90 volts; similarly it was 
1.5 per cent fast at 135 volts. The frequency response curves 

Fig. 1-Close-up of the head assembly as seen by the user. 

Fig. 2-View of the 6364 with the top plate removed. The 
amplifier controls are shown in line at the left. 

for playback from a standard tape are shown in Fig. 5. Run- 
ning the tape backward, we were able to measure responses 
from tracks 2 and 4, which are within 0.5 dB except at the top 
end where the difference rose to about 1.5 dB. Responses 
measured in the record/play mode are shown in Fig.6, and are 
reasonable for all three speeds. The effect of the tone controls 
is shown in Fig.7 for full and halfway positions of the controls. 
Hum -and -noise measured -43 dB in the playback mode, using 
a 15 -kHz low-pass filter in the output circuit and a reference 
of an indicated +2 on the VU meters, at which point the dis- 
tortion measured 3 per cent. At zero indicated level, the dis- 
tortion measured 2.5 per cent from 50 to 10,000 Hz. Fast -wind 
times measured 70 seconds for 1200 feet of tape, relatively 
fast for a "consumer"machine. 

At maximum settings of the record -level controls, a signal 
of 0.4 mV was sufficient to provide a zero -dB indicated level, 
while 43 mV was required to reach the same level at the tuner 
and AUX inputs, all of which are within specifications. 

From the amplifier alone, we measured an output of 11 

watts per channel into 8 ohms at a distortion of 1.0 per cent 
from a signal which would indicate 0 level on the VU meters. 
Wow and flutter (rms) measured 0.06 per cent at Ph ips in 
the band from 0.5 to 6 Hz; 0.12 per cent in the band from 6 
to 250 Hz, and 0.16 in the overall 0.5 to 250 -Hz band. Similar 
measurements for 33/4 ips gave figures of 0.15, 0.16, and 0.25 
per cent, and at lYs ips we measured 0.18, 0.20, and 0.25 per 
cent, respectively. 

Operation on Quadraphonics 
In order to get the subjective feel of the 6364 with four - 

channel tapes, we hooked up a pair of speakers to the speaker 
outputs for the normal stereo channels (tracks 1 and 3), and 
fed the rear -channel outputs (tracks 2 and 4) through our 
normal listening system. Thus our regular speaker systems 
became the rear speakers and the two additional units became 
the normal "left front" and "right front" speakers, so we 
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Fig. 3-Front view of the head assembly with the pinch roller 
and the pressure pads partially closed. The roller retracts to 
the horizontal position, as do the pressure pads, for easy 
threading. 
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