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





Most speaker companies try to impress 
you by describing the "wonderful" sound 
that comes out of their speakers. 

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

THE HPM SUPERTWEETER: 
SPEAKER TECHNOLOGY RISES TO NEW HIGHS. 

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

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

It works by using a 
single piece of High 
Polymer Mo'ecular film, ( hence the name 
HPM ) that converts electrical impulses into 
sound waves without a magnet, 
voice coil, cone, or dome. 

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

As an added advantage, 
the HPM film is curved for 
maximum sound dispersion. 
So unlike other speakers, you don't have 
plant yourself in front of an HPM speaker to 
enjoy all the sound it can produce. 

MID -RANGE THAT ISN'T 
MUDDLED. 

For years, speaker man- 
uacturers have labored over 
mid -range driver cones that 
are light enough to give you 
quick response, yet rigid enough 
not to distort. 

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

WOOFERS THAT TOP EVERY OTHER BOTTOM. 
Conventional woofers are still made 
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You' 1 never hear a sound out of these 
die cast aluminum speaker frames. 

to the 

HPM ;ßóo 

with the same materials that were being 
used in 1945. 

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

them. 
And because every HPM 

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

OTHER FEATURES YOU 
RARELY HEAR OF 

Every HPM speaker has 
cast aluminum frames, in- 

stead of the usual flimsy stamped out metal 
kind. So that even when you push our 

speakers to their limit, you only 
hear the music and never the 

frames. In fact, our competitors 
were so impressed, they 
started making what look like 
die cast frames, but aren't. 

HPM speaker cabinets 
are made of specially com- 
pressed board that has better 

acoustic properties than ordi- 
nary wood. 

Their speakers have level 
controls that let you adjust 

sound of the music to your living room. 
And these features are not just found in 

our most expensive HPM speaker, 
but in every speaker in the 

HPM series. 
All of which begins to ex- 

plain why, unlike speakers 
that sound great on only part 
of the music, HPM speakers 

e, 
The High .+olymer fv o ocular Supertseeter. 

So incredible, we named a whole line of speakers alter it. 

lesel controls that let you adjust the bound 
to your listening area. sound great on all of it. 

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

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

PIONEER' 
We bring it back alive. 
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WHAT COMES OUT 
F A SPEAKER IS ONLY 
AS IMPRESSIVE AS 

WHAT GOES INTO IT. 



WHAT 
PRODUCT 

1. Prevents 
"record chatter" 
on your turntable? 

2. Looks 
unimpressive? 

3. Is very thin 
and gray? 

4. Is more anti -static 
than similar 
products*? 
*according to tests by the 
Swedish National Test Institute. 

ANSWER 

by 
Discwasher' 

(A turntable mat for overlay or 
replacement on your existirg 
equipment.) 

works; 
costs only $7.95; 
and never wears out. 

Give 
a spin. 

Discwasher dealers 
nationwide. 

lediscwasher; 
inc. 

1407 N. 'rovidence Fd. 
Columbia, Missouri 6501 
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A Revolutionary Record Care Breakthrough 
From Stanton... 

TM 

eliminates record static 
permanently with only 
one application! 

UNTREATED RECORD BRAND X 

Stanton introduces Permostat, the only record 
care product that eliminates record static perma- 
nently with just a single application. Permostat is a 
new and uniquely formulated fluid, which with just 
one application to a record totally eliminates static 
without any degradation in sound quality... and pro- 
longs the life of your record. 

Static electricity draws airborne dust particles 
onto the record where they can be pushed along 
the groove creating various degrees of audible 
distortion. Now, Permostat eliminates this problem 
permanently. 

To demonstrate Permostat's unique anti -static 
qualities, Stanton engineers constructed a dust 
chamber to perform accelerated dust pickup tests. 
In this test, three records were suspended vertically 

PERMOSTAT 

within the chamber, the first untreated, the second 
treated with anti -static products currently available 
(piezo electric guns, fluids, cloths and conducting 
brushes) and the third treated with Permostat. 

Under test conditions, only the Permostat treated 
record showed no visible evidence of dust pickup 
and no residual charge. 

Each Permostat kit provides protection 
for 25 records (both sides). Just spray it 

on, buff it in and eliminate static for the life 
of your records. 

Now available at your local dealer. 

Suggested Retail: 
Complete Kit...$19.95 
Refill...$15.95 

For further information contact: Stanton Magnetics Inc., Terminal Drive, Plainview, New York 11803 

SRI Nit ill sTaNTon 
THE CHOICE OF THE PROFESSIONALS.' 

aneemostat 
anti -static record 

preservative 
from WrdN un 
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series20 
IT TAKES GUTS TO BE 
MORE EXPENSIVE THAN McINTOSH 

McIntosh might be considered 
an expensive extravagance by the 
average high fidelity consumer. How- 
ever the true audiophile perceives 
reliability, proven engineering and 
classic styling as necessities rather 
than luxuries. 

The true audiophile also appreci- 
ates outstanding specs and the state 
of the art technology that distin- 
guishes Series 20 from the field. 

Consider the Ring Emitter Tran- 
sistor out -put stage in the Series 20 
M-25 Class AB Power Amplifier that 
provides incredible high frequency 
performance. 

Consider the Series 20 F-26 FM 
Tuner's parallel balanced linear de- 
tector that delivers the lowest distor- 
tion available. 

When you realize how exceptional 
Series 20 is, you'll marvel at how 
inexpensive expensive can be. 

If you would like full information 
on Series 20, please send us the 
coupon below. 

r 
To: Series 20 

Dept A8 
20 Jewell Street 
Moonachie. New Jersey 07074 

Please send me the specs for the 
following circled Series 20 
components. C.21 

Stereo 
Preamplifier 

M-22 
Class AStereo 
Power Amplifier 

F-26 
Advanced Q,,.,,, 

FM Tuner 

D-13 
Multi -AMP Elec. 
Crossover Newk. 

A-27 
Class AB Integrated 

Stereo Amplifier 

PLC -590 PA -1000 
Quartz PLL Servo- Carbon Fiber 

Controlled Turntable Tone Arm 

Name 

Street 

City 

State 

M-25 
Class AB Stereo 
Paver Amplifier 

F-28 
Quartz 

FM Tuner 

U-24 
Program Source 

Selector 

Zip 

20 Jewell Street, Moonachie, N.J. 07074 
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INTRODUCING TI -1I: EMPIRE I:DI? 9 PI-IONÿ C:Al? i I?IDCI:. 
IT SOUNDS AS GOOD ON A I?I:C:^l'.Ia AS IT DOES ON IhI'I:I?. 

It was inevitable ... 

With all the rapid developments 
being made in today's high fidelity tech- 
nology, the tremendous advance in audi- 
ble performance in Empire's new EDR.9 
phono cartridge was bound to happen. 
And bound to come from Empire, as we 
have been designing and manufacturing 
the finest phono cartridges for over 18 

years. 

Until now, all phono cartridges were 
designed in the lab to achieve certain 
engineering characteristics and require- 
ments. These lab characteristics and re- 

quirements took priority over actual listen- 
ing tests because it was considered more 

important that the cartridges "measure 
right" or "test right"-so almost everyone 
was satisfied. 

Empire's EDR.9 (for Extended Dy- 
namic Response) has broken with this tra- 
dition, and is the first phono cartridge that 
not only meets the highest technological 

and design specifications-but also our 
demanding listening tests-on an equal 
basis. In effect, it bridges the gap between 
the ideal blueprint and the actual sound. 

The EDR.9 utilizes an L. A. C. (Large 
Area Contact) 0.9 stylus based upon-and 
named after-E. I. A. Standard RS -238B. 
This new design, resulting in a smaller 
radius and larger contact area, has a 
pressure index of 0.9, an improvement of 
almost six times the typical elliptical stylus 
and four times aver the newest designs 
recently introduced by several other car- 
tridge manufacturers. The result is that less 
pressure is applied to the vulnerable rec- 

ord groove, at the same time extending 
the bandwidth-including the important 
overtones and harmonic details. 

In addition, Empire's exclusive, pat- 
ented 3 -Element Double Damped stylus 
assembly acts as an equalizer. This elimi- 
nates the high "Q" mechanical resonances 
typical of other stylus assemblies, produc- 
ing a flatter response, and lessening wear 

and tear on the record groove. 

We could go into more technical de- 
tail, describing pole rods that are laminat- 
ed, rather than just one piece, so as to 
reduce losses in the magnetic structure, re- 
sulting in flatter high frequency response 
with less distortion. Or how the EDR.9 
weighs one gram less than previous Empire 
phcno cartridges, making ita perfect match 
for today's advance, low mass tonearms. 

But more important, as the EDR.9 car- 
tridge represents a new approach to car- 
tridge design, we ask that you consider it 
in a slightly different way as well. Send for 
our free technical brochure on the EDR.9, 

and then visit your audio dealer and listen. 
Don't gc by specs alone. 

That's because the new Empire EDR.9 
is the ferst phono cartridge that not only 
meets the highest technological and de- 
sign specifications-but also our de- 
manding listening tests. 
Empire Scientific Corp. EIVIDIFE 
Garden City,N.Y.11530 
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The 
Apt/Holman 
Preamplifier 

The design of the Apt/Holman Pre- 
amplifier occupied literally man- 
years of new research into those 
factors which are important to the 
reproduction of music. A great deal 
was learned about the effects of the 
various parts of a modern high- 
fidelity system and how they inter- 
act. 

These results guided the develop- 
ment of new circuits which together 
yield uniquely flexible and complete 
control over the program material, 

6 while delivering the best possible 
sound under the widest range of 
system conditions. 

You can learn more about the 
Apt/Holman Preamplifier from your 
Apt dealer, whose name we will be 
glad to send you. 

In addition, the Owner's Manual 
(often called the best for any high 
fidelity product) is now available by 
use of the coupon below. A Tech- 
nical Paper set is also available 
detailing the published research that 
went into the design. 

Apt Corporation 
Box 512 
Cambridge, Massachusetts 02139 

Fora brochure and the name of 
your local dealer. 

For a set of review reprints. 
For an Owner's Manual, please 

send $4 ($5 foreign). 
Fora set of six technical papers 

by Tom Holman, please send $2 
($3 foreign). 
Name 

Address 

Audioclinic 
Joseph Giovanelli 

A.C. Adaptors 
Q. Can the a.c. adaptors, such as 

those sold for portable radios, calcula- 
tors and recorder's, be left plugged in 
for long periods of time when they are 
not being used?-James R. Henderson, 
Victoria, B.C., Canada 

A. It is only in those instances where 
the adaptor serves something like an 
intercom, which must be ready for ser- 
vice at any time, that I recommend 
these adaptors be left plugged in 
when not actually in use. 

These a.c. adaptors are actually com- 
plete power supplies and are 
comprised of a stepdown transformer, 
a rectifier system, and the necessary 
filter capacitor. When one of these de- 
vices is operated, there is some heat 
generated by the stepdown transform- 
er which will not be significant unless 
the filter capacitor should short out. 
When this occurs, the transformer will 
run excessively hot and might cause 
problems. 

Keep in mind that when the device 
is plugged in, but not feeding a suit- 
able load, the voltage developed 
across the filter capacitors will be 
higher than the nominal output volt- 
age of the a.c. adaptor. If the filters are 
made to operate at or close to their 
maximum ratings, this high voltage re- 
maining across the capacitor for ex- 
tended periods of time could cause a 

short circuit. 

"Popping" 
Q. My component system develops 

a "popping" noise in my speakers ev- 
ery five minutes or so. It sounds like a 

static discharge. It is heard whether my 
amplifier's mode switch is on FM, 
Tape, or Turntable. 

What do you suggest that 1 try in the 
way of trouble -shooting? The people 
in the store where I bought my system 
said, "let it get worse, and then the 
technician has a better chance of find- 
ing the problem.'-Tuck Krehbiel, 
Cincinnati, Ohio 

A. It will be hard to locate your 
"popping" problem because of its in- 
termittent character, and that is why 
your dealer was reluctant to attempt 
servicing the equipment until such 

time as the symptoms become more 
constant. This is probably to your ad- 
vantage inasmuch as this kind of ser- 
vicing can be expensive. Where a 

problem occurs more or less constant- 
ly, it is simpler to track down and, 
therefore, less costly to solve. 

You do know something about this 
problem, however. For instance, you 
know that the problem is not located 
in the early phono stages of the equip- 
ment. You know this because it occurs 
even when these stages are switched 
out. It is located in stages common to 
the rest of the input functions. You did 
not state whether or not the condition 
exists in just one channel. If the condi- 
tion exists in both, you know that the 
"popping" is the result of some com- 
mon component, and power supply or 
decoupling elements would be sus- 
pect. This condition could also indi- 
cate that the "popping" is external to 
your system. Transient voltage changes 
on the power line often cause this 
condition. Various filters are available 
which can suppress such interference. 

Poorly soldered connections or min- 
ute cracks in the circuit "lands" could 
also cause the problem. Resolder sus- 
picious joints. 

Try signal tracing. Use a second am- 
plifier to enable you to listen to the 
output from various stages in the de- 
fective equipment. Feed the input of 
this second amplifier via a blocking 
capacitor. This will allow you to make 
direct connections to collectors where 
this is necessary. Work your way from 
the input selector switch to the output 
of the defective channel. When the 
"popping" is heard in both amplifiers, 
this means that you have reached the 
output of the defective stage. You can 
then investigate the components in 
that particular stage. The ultimate 
source of the problem can be anything 
from defective semiconductors to de- 
fective capacitors, resistors, or even 
solder or circuit foil problems. Q 

If you have a problem or question about audio, 
write to Mr. Joseph Giovanelli at AUDIO Maga- 
zine, 401 North Broad Street, Philadelphia, PA 

19108. All letters are answered. Please enclose a 

stamped, self-addressed envelope. 
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If Technics RS -1500 meets 
the high standards of A&M Records, 
why did we improve it? 

After the musi: is recorded, and before i' becomes a 
reccrd, bar da the top executives of A&M Reco-Aslistlen to 
Peter Fra-npto-, Chuck Mang one, and their other stare? 
On the Techri_s RS -1500. Why? Because of its antstarding 
frecuency eesaonse, constan- tape speed and lcv wow 
and flutter. Ir fact they were so imaressed, A&M Reco-ds 
bought save. more. 

Now, .vi -h echnics RS -1520, you :an have the same 
perFormon_e A&M R .:ords I- as w th the RS-15CO3 plus these 
ext-a feature; studios want. _ike adjustable fron- Fanel 
bias anc e3ualization contrats. A lk-z/ 10kHz -es--tole 
oscillator fa -accurate equipment check.. The p-ec sio-r cf 
ASA strnca- I VU me'ers wi-h a -1JdB sensitiv ty se ec-or. 
A Cue/Ed ts.nitch for quick., safe ecits. And bclarcea 
low-impecance, XLR-type output :onnectors to nctch ot-ier 
widely used broadcast and rtudic equipment. 

_ike cll ci- open reel decks, the FS -1520 has Techrice 
"Isolated Loa," tape transport sisiem. By isolz-tng the tape 
frcm exte-nd influe-r:es, our "Isolated Loop" -air imized 
tape tersioi to a constant BO grams. This not c.ly provides 
extremely stable tape transaort and loti head wear, 
it also reduces moda ation noise to the point whe-e i 's 

Enter Mo. 43 on Reader Servi Ca -d 

detectable arty on scphis-icated testing equipment. 
Electronically the. RS -752 is equally sophisticated. 

And the reasore are as sir,plaas IC =ull-logic con -r:-.15. 

A highly acc.rote mi:rop`arr3 ampli=ier FET mixinç amplifier. 
And sepera-e 3-pcsi-ionbias /EQ selectors. 

The RE -1520. It meet! -he high stanciaris of A&'\ Reccrds 
fcr the same reascis the RE -1300 does: FREQ. RESF: 

3D -30,0001-z =3dB(-1Co13 rec. level) at 15ips WCW 
& FLOTT_-:: O C'8°. WRMS et 15ips S. N RATIO: b03B (` .AB 
weighted) at 15ips. 5E2A AT CN: 50dB. START-UP TIME: 07 
secs. SPEED DE`/IA/ION: t nA-% w'Hh 1.0 or 1.5 m lape at 
15ips. S'EEE itUCTUA'I=N C.05% wi-h 1.0 or 1.5 m l taxe 
et 15ips. PIT_-1CCPTFO_. -5%. "RACK SYSTEM: 2 -track, 
2 -channel reccrdiiç, playback and erase. 4 -track. 2-_13-mel 

laybac<. 
RS -1520. A rare :o7b flat on of audic technology. A rare 

standard of ca_dic excellence. 

Technics 
Pra,e&cbrel Series 



Donald Aldous 

Eurotope 

Despite the gloomy forecasts of 
some hi-fi industry pollsters, British 
audiophiles are still spending consid- 
erable sums of money on their hobby. 
Certainly the success of the Spring Hi- 
Fi Exhibition, held at the end of April 
in London's Cunard International 
Hotel, served as a pointer to the sus- 
tained enthusiasm of the hi-fi devo- 
tees here in the United Kingdom. 

Let's take a look at several of the 
"top -of -the -market" loudspeakers re- 
vealed at this show. The first of a new 
series of B & W loudspeakers, Model 
801, was seen in an early format at last 
winter's Consumer Electronics Show in 
Las Vegas. It has been designed as a 

professional monitor system produced 
using totally new facilities (such as 

laser interferometry and computer 
optimization) linked to the most com- 
prehensive tests and quality control 

8 checks. In fact, each model manufac- 
tured will have factory documentation 
filed, based on tests in the company's 
new anechoic chamber at their Worth- 
ing, Sussex, factory. This chamber has 
cost some $100,000 and will be com- 
pleted during September; in the mean- 
time the firm's existing R & D anechoic 
chamber will be used for the tests. 

"Professional Monitor" is a much - 
abused description, but John Bowers 
and his team have used a design brief 
that calls for a linear free -field ampli- 
tude response from 30 Hz to 20 kHz, 
with minimum deviation horizontally 
and vertically, to provide a uniform 
sound picture to a group of listeners. 
And, of course, such a monitor must 
have no coloration and be free from 
audible distortion. Another feature of 
the specification is an ability to handle 
sound levels of 106 dB in environ- 
ments of up to 200 m' (that is, 7,000 
ft.3) capacity. Physical size was not laid 
down, other than a general require- 
ment that the new 801 be large 
enough for studio work and yet re- 
main attractive enough from a domes- 
tic furniture viewpoint. 

The full design story is too lengthy 
for publication in this column, but the 
speakers involved are a bass driver of 
270 -mm diameter with a thermo-plas- 
tic, PVA-coated cone and 50 -mm di- 
ameter voice -coil; a midrange driver 
with 100 -mm diameter, aromatic 
polyamide -fiber matrix cone, and 25 - 
mm, phenolic -bonded, aluminum - 
lined voice -coil, plus an HF driver with 
a 26 -mm multifilament, polyester - 

weave domed diaphragm. The LF sys- 
tem is a closed -box acoustic suspen- 
sion design with a resonance of 37 Hz 
and a system Q of 0.7 (i.e., -3 dB at the 
resonance frequency). Its power han- 
dling spec is a minimum of 50 watts 
into 8 ohms with no upper limit. 

As we all know, unfortunately, with 
the growth of transistor amplifiers, the 
wattage and destructive power of am- 
plifiers has rapidly increased. In fact, 
power outputs between 100 and 350 
watts are not uncommon, and without 
some form of protection almost any 
loudspeaker can be destroyed by the 
simple act of, say, removing a phono 
plug with the preamplifier gain control 
advanced. Fuses are not a complete 
answer, but B & W's Steven Roe has 
developed an overload protection cir- 
cuit that senses the peak voltage ap- 
plied to each driver. It has individual 
adjustment for each such voltage, and 
the time constant at which the trip will 
operate is individually adjustable. If 
any of these predetermined parame- 
ters are exceeded, the trip circuit oper- 
ates and the loudspeaker is discon- 
nected from the audio supply. The 
reset button restores operation. Envi - 

Continued on page 95 
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We found the optimum pivot point 
before the others even knew 
it was missing. 

Most manufacturers are content to determine 
tonearm pivot points by trial -and -error, And many 
tonearms are so susceptible to external vibrations that 
you have to tiptoe around the turntable. 

With Sansui's Dyna-Optimum Balanced (DOB) 
tonearms, based on our Optimum Pivot Point principle, 
the transmission of vibrations is dramatically reduced 
to give you more freedom to enjoy your music. It's 
used in our new, fully automatic direct -drive FR -D4 
and FR -Q5. 

Here's how the DOB works: Put a pencil on a 
table. Wiggle one end 
back -and -forth. The other 
end will move; but a cer- 
tain point will not. This is the 
Optimum Pivot Point. 

In our new DOB 
tonearm the arm is pivoted 
at this highly stable point. 
With no relative motion be- 
tween the point and the 
arm support, effects from 
external forces are mini- 
mized. Friction is almost 
non-existent, so the stylus is 

a. 
A 

b. 
AAAA 

O. Center of Mass. Starting point fci 
conventional tonearm designs. 

b. Typical trial -and -error pivot 
points, usually placed close to a. to 
that counterweight is not too heave. 
tonearm not too long. 

C.Sansul's Optimum Pivot Point. 
Calculated mathematically as a 
function of length and mass. The 
most stable point. 

free to trace every part of the groove. We also added 
a special decoupling device and a unique counter- 
weight for optimum tracking. 

A patent is pending on Sansui's brushless DC 
motor used in the FR -D4 and FR -Q5. And with the 
Quartz-PLL system of the FR -Q5 and the special speed - 
error detection /correction system of the FR -D4, 
wow and flutter, speed accuracy and signal-to-noise 
specifications are outstanding. All operations are 
computer -controlled using the latest LSIC technclogy. 
The computer even knows to shut off the motor if you 
forget to unlock the tonearm clip. 

To make the FR -D4, FR -Q5, as well as the 
budget -priced direct -drive FR -D3 even more con- 
venient, we put all the controls up -front, outside the 
dustcover. 

Ask an authorized Sansui dealer to demon- 
strate our new turntables. Listen closely and you'If hear 
what the others are missing. 

SANSUI ELECTRONICS CORP. 
Lyndhurst, New Jersey X7071 Gardena, Ca. 90247 
Sansui Electric Co., Ltc, Tokyo, Japan 
Sansui Audio Europe SA., Antwerp, Belgium 
In Canada, Electronic Distributors 
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Audi 
etc. Edward Tatnall Canby 

A great many Audio Engineering So- 
ciety members last March were aware 
of the presence in Brussels, at the AES 

winter convention, of a man whose fa- 
miliar initials were BBB. It was only the 
usual. As always, he was everywhere, 
indefatigable, seeing everybody, high- 
ly visible. And as usual he presented a 

paper - what AES convention has he 
ever missed, and did he ever not pres- 
ent a paper or two? 

This one, though, was perhaps more 
than the usual. Somewhat as in 
Einstein's unified field theory, BBB 

here aimed to set forth an overall the- 
oretical system for multichannel sound 
in both recording and broadcasting, in 
the taking down and the playing back, 
incorporating all the presently variable 
approaches towards an "en route" 
broadcast signal as presently designat- 
ed - 4-4-4, 4-3-4, 4-2-4 - plus con- 
ventional mono and stereo and SCR 

12 and, of course, every aspect of the disc 
process. A huge theoretical package 
and, as the ultimate synthesis of this 
man's work over many years, it must 
have impressed even those who might 
not go along with the system itself by 
its sheer elegance and comprehensive- 
ness. 

BBB also received a new honor at 
Brussels this year, on top of many oth- 
ers. He became an honorary horse- 
man. A chevalier of the ancient Order 
of the Knights of the Star of Peace, an 
organization founded in 1229 when 
knighthood was in flower and quadra- 
phony quite unknown. This must have 
tickled him pink. Some horseman! For- 
tunately, there was no need to mount 
an actual horse. 

As always, BBB came back home full 
of verve and immediately got to work 
preparing his Brussels paper for wider 
distribution, to the American audio 
press and to all other possibly interest- 
ed parties including, of course, the 
most important party of all, the FCC in 
Washington, which has a few out- 
standing little matters to decide in this 
very same area. The FCC has been 
hearing regularly from BBB for perhaps 
a bit longer than some of its members 
might wish. Few engineering minds in 
the U.S. could match BBB's steely abil- 
ity for careful, quiet, and logical argu- 
ment - of the sort that one challenges 
at considerable risk. I do not think I 

would ever have wanted to be in the 

line of BBB's technical fire. Not even as 

an FCC member. Behind that courte- 
ous European politeness was a will of 
incredible intensity and the mind 
power to match. Was it diamond drill 
or bulldozer? A judicious bit of both. 

The final BBB paper was ready for 
mailing only a week or so after the 
Brussels AES, more than 30 pages of 
closely reasoned text, diagrams, for- 
mulae with derivations, and reference 
listings. My own copy was sent out 
from BBB's "retirement" office, Audio - 
Metrics, Inc. (which consisted of his 
front living room plus facilities in his 
old nearby laboratory haunts in Stam- 
ford, Connecticut), on Wednesday, 
March 28, 1979. Enclosed was a signed, 
personal note from BBB. Page 5 of the 
paper was missing - the only indica- 
tion of any haste, and surely not his 
haste. I got it later on. On that very 
day, Benjamin B. Bauer suffered his 
second and fatal heart attack. After a 

typically optimistic and even cheerful 
several days in the hospital, where he 
happily found himself in the charge of 
a personable physician, Ben Bauer 
died on Saturday, March 31. It was 

barely two weeks after the Brussels 
convention. So he made it - by a hair. 
He must have known the risk. 

Patents by the Score 
As most of us know, BBB was for 

many years out in the Midwest with 
Shure Brothers, doing major work on 
microphones, in our field, and later in 
phono pickups, predecessors of the 
present-day Shure line. There was that 
sensational "dart" arm and cartridge, a 

long, thin, tapering arm with an in- 
credibly tiny cartridge in its drooping 
nose, independently sprung; the arm 
moved sidewise only, the tiny head 
moved up and down. (Well, if an arm 
can have a head, it can have a nose 
. . . .) There was a cybernetic problem 
with this arrangement. To raise the 
stylus, you pushed downwards on a 

button, a motion so unnatural for the 
human mind and fingers that most 
people just grabbed the arm itself and 
dragged the point sidewise over the 
grooves. No damage but an awful 
squawk. I doubt if this aspect was a 

BBB idea. 
The most important of BBB's earlier 

inventions (he pulled down some 75 

U.S. patents) was the original single - 
transducer, cardioid dynamic micro- 
phone, 'way back in 1937, making use 
of the phase -shift principle, or what I 

like to call re-entry, to cancel out sig- 
nals coming from the sides. It is, of 
course, fundamental to the cardioid 
style of miking today and therefore 
fundamental to the art of recording 
and broadcasting. How directly pro- 
phetic of later Bauer developments 
along phase -shift lines! Culminating in 
the ultimate BBB consolidation, the 
1979 Brussels paper. 

In 1957 BBB came east to join CBS 

Laboratories and from thence onwards 
his activities spread and multiplied 

into the infrared and the ultra- 
violet.One never knew 
quite what he was up 



JBL'S NEW L150: 
ITS BOTTOM PUTS IT ON TOP. 

JBL's new L150 takes you 
deeper into the low frequencies 
of music without taking you 
deeper into your budget. 

This short -tower, floor - 
standing loudspeaker system 
produces bass with depth, 
power and transparency that 
comes incredibly close to a 
live performance. 

A com- 
pletely new 12" 
driver was created 
for the L150. It has 
an innovative 

magnetic assembly, 
the result of years of 
research at JBL. It 

uses a stiff, heavy cone 
that's been coated with an 
exclusive damping formu- 
lation for optimum mass 
and density. 

And it has an 
unusually large 3" 
voice coil, which aids 
the L150's efficiency 
and its ability to 
respond to transients 

(peaks, climaxes 
and sudden 
spurts) in music. 

There's even 
more to the L150's 
bottom-a 12" 

passive radiator. It 
looks like a driver 
but it's not. We use 
it to replace a large 

volume of air and 
contribute to the produc- 

tion of true, deep bass. Bass 
without boom. 

If you're impressed with the 
L150's lows, you'll be equally 
impressed with its highs and nids. 
Its powerful 1" high -frequency 

dome radiator provides wide disper- 
sion throughout its range. And a 5" 
midrange transducer handles high 
volume levels without distorting. 
The maximum power recom- 
mended is 300 watts per channel. 

The L150's other attributes 
include typical JBL accuracy -the 
kind that recording professionals 
rely on. Maximum power/flat 
frequency response. High effi- 
ciency. And extraordinary time/ 
phase accuracy. 

Before you believe that you 
can't afford a floor system, listen tc 
an L150. While its bottom is tops, 
its price isn't. 

James B. Lansing Sound, 
Inc., 8500 Balboa Boulevard, 

Northridge, 
CA 91329. 

FIRST 
WITH THE 

PROS. 
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Yamaha, the indus 
When we set out to improve on our industry -acclaimed 
receivers, we knew we had a tough task ahead of us. 

How do you top being the first in such precedent - 
setting developments as built-in moving coil head 
amps, negative feedback MPX demodulators, pilot 
signal cancellation circuits, and the same amazingly 
low distortion throughout our entire tine? After much 
continuing research, effort and unique care in design, 
we have the answer. It's called the CR -2040 the first 
in Yamaha's new line of receivers that does what only 
Yamaha could do. Outdo ourselves. 

Unique continuously variable turnover tone 
controls. This unique Yamaha innovation gives you 
the tonal tailoring characteristics of both a parametric 
and a graphic equalizer. Without the added expense 
of having to purchase either. For instance, in addition 
to boosting or cutting We bass control ± 10c B, you 
can also vary the turnover frequercies between 100 

& 500 Hz to compensate for speaker deficiencies, 
room anomalies, etc., for unparalleled tonal tailoring 
flexibility. 

Built-in moving coil head amp. More and more 
listeners are discovering the beautiful experience of 
music reproduced with a moving coil cartridge, such 
as Yamaha's newly introduced MC -1X and MC -1S. 

Discover this exquisite pleasure fci yourself with the 
CR -2040's built-in moving coil head amp. This ultra -low 
noise head amp provides an ultra -quiet 86dB S/N ratio 

Continuously variable loudness contour. 
This control compensates for the ear's decreased 
sensitivity to bass and treble tones at lowvolume levels. 
And you're not just limited to compensation at only 
one specific voume setting as with other manufac- 
turers' on/off-type loudness switches. The Yamaha 
continuouslyva-iable loudness contour assures you of 
ful, accurate tidelity at any volume setting you choose. 
Another Yamaha exclusive! 

Automatic operation. Without a doubt, the 
Yamaha CR -2040 is one of the most automated 
receivers in audio history. Instead of fiddling with dials 
and meters, you can sit back and let the automatic 
circuits do the wore. Or, if you choose, manually over- 
ride the circuits. Take the AUTO -DX circuit, for instance. 
We developed IF bandwidth switching 'or our world - 
acclaimed CT -7003 tuner. Now we've gone even 
further by improving this circuit so the receiver auto- 
matically chooses 7he correct bandwidth (local or DX) 

for the least noise. Working with this circuit is the AUTO 
BLEND circuit which eliminates annoying FM hiss to 

YAMAHA NATURAL SOUND STEREO RECEIVER CR -2040 
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to assure you of capturirg all the hgh-end detail and 
imaging the MC experience affords. All you'I° miss is 

the extra expense and added noise of an outboard 
head amp or step-up transformer. 

Independent input and record out selectors. 
If you're a tape recordirg enthusiast, this feature is 

something You won't want to be w''hout. It lets you 
select the signal from ore program source to send to 
the REC OUT terminals for recording while you listen 
through your speakers to an entirety different program 
chosen on the INPUT selector. You can also dub from 
one tape tc another even while listening to an entirely 
different program. It's another example of whyYamaha 
is the industry leader. We build in what the others can't 
even figure out. 

make previously unlistenable 
stations more cliearly audible. All 
without your lifting a finger. And 
Yamaha's exclusive OTS (Optimum 
Tuning System! automatically locks 
in and holds the desired station 
when you release the tuning knob. 
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leader...leads again! 
Advanced circuitry. All these advanced 

features are backed by the most advanced internal 
circuitry imaginable. Like the auto tracking pilot signal 
canceller. Yamaha invented pilot signal cancellation 
and now we've improved it farther. A special circuit 
not only senses the incoming 19kHz pilot signal (which 
is a part of FM broadcasts), it also aummatically tracks 
any signal fluctuation which might occur. This assures 
you of complete pilot signal cancellation for inter- 
ference -free FM listening. Yamaha does it again! 

The all DC power amp section pours out a massive 
120 wafts per channel, both channels driven into 
8 ohms from 20Hz to 20kHz, with THD and I.M. an 
astronomically low 0.02%. That's a nee low, even for 
Yamaha. And to keep tabs on all this pure power there's 
a twin LED power -monitoring system-green to indi- 
cate half power, red to indicate ar overload condition. 

The tuner section has a Yamaha -exclusive Direct 
Curren` -Negative Feedbacl;-PLL MF>: IC providing 
excellent phasing of the high frec uencies for superb 
s-ereo separation and clearer so _inc. Our efforts to 
bring you the finest sound possible kn Dw no limns. 

Human engineering. As incredibly advanced 
and complex as the CR -2040 is, it is incredibly simple 
to operate. The front panel is arranged in a clean and 
logical manner with the larger primary operational 
controls located on the central forward panel, and 
the smaller tone -tailoring controls located on the lower 
panel. It takes a minimum of effort to set up the CR -2040 
for maximum listening pleasure. 

The functionally beautiful front panel is comple- 
mented by the beautifully functional ebony grain 
veneer cabinet. The elegant appearance of ebony 
is the perfect finishing touch to the extraordinary 
CR -2040. 

And the CR -2040 is just one of a whole new line of 
receivers from Yamaha. Each one offers, in its class, the 
ultimate in features, performance and pure musical 
pleasure. Visit your local Yamaha Audio Specialty 
Dealer and see and hear for yourself how we've out- 
done ourselves. He's listed in the Yellow Pages. Or write 
us: Yamaha, Audio Division, P.O. Box 6600, Buena Park, 
CA 90622. 

From Yamat-a, raturally. 
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to. I remember one notable occasion 
(for me) when I became a temporary 
Bauer guinea pig. Under Ben's benev- 
olent direction I was taken to a local 
Stamford indoor swimming pool and 
immersed in about 12 feet of water, 
with headphones on. There was an 
athletic CBS guard, too, in case I 

conked out, which I didn't. I can still 
swim my 50 feet under water minus 
snorkel or aqualung. Down at the bot- 
tom of the pool I was fed headphone 
signals and asked to point to their ap- 
parent source. The signals had been 
processed in such a way as to simulate 
ordinary airborne acoustic signals. In- 
side the phones, there were air pock- 
ets for ordinary dry -land -type binaural 
hearing. This was merely a bit of fun- 
damental research, the sort that must 
cover all bases, however obvious. Of 
course I heard the signals exactly as I 

would have on shore, but this had to 
be proved. So I vigorously pointed to 
the left and to the right, but not to- 
wards the front (!) and then came up 
for a hot shower. My normal binaural 
experience,if in an odd location. 

Note in passing that this, too, was 
based on timing differences as be- 
tween two listening ears and upon 
directional selectivity in sound 

16 reproduction. One way or another, 
that was the focus of Bauer's engi- 
neering life over a span of 40 years 
and more. SQ was merely the 
late -late product of phase preoc- 
cupation, though it was what 
most of us will remember first. 

Movers and Doers 
With long-time friends, I 

have a curious habit of forget- 
fulness of the past. I have not 
the slightest recollection of 
my first meeting with BBB. 
Nor, for that matter, with 
that other and closely relat- 
ed (corporately) CBS lead- 
er, Dr. Peter Goldmark. 
Curious, too, in a larger 
scale of reference, that 
CBS, grand and omnipo- 
tent combine of com- 
munications corporality, 
should have taken on 
two such far-seeing 
and original engineer- 
ing leaders of similar 
backgrounds. Both 
came out of Europe, 
Goldmark from 
Hungary, Bauer out 
of Russia via Cuba; 
both inherited an 
unmistakable de- 
gree of Old - 

World culture 
and manners and 

to the day of their respective deaths - 
so near in time - spoke with the faint 
remains of a European accent. Eventu- 
ally, of course, they became more 
American than most Americans, join- 
ing a whole group of similar power- 
house types from the ancient lands 
who made their mark at the very top in 
American communications biz. (To 
give good credit to the CBS Opposi- 
tion, we might mention Gen. Sarnoff 
of RCA.) 

These men, as we always put it, 
were movers and doers. But in a higher 
sense they were also out of a back- 
ground of culture, however distantly, 
that was totally unlike that of our na- 
tive Edisons and Henry Fords. These 
were better, more meticulous engi- 
neers, if not greater geniuses, more ri- 
gorous in their science but also far 
wider in their range of view. It was no 
accident that so much of the audio - 
related work of both Goldmark and 
Bauer was based to a really surprising 
extent on the demands of European 

classical music in all the 
aspects of its 

.Y 
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reproduction - and this held true 
from the innovation of the Goldmark 
LP record and "360 degree" Columbia 
phonograph (anybody still remember 
that one?) right through to the final 
Bauer matrix configurations of SQ- 
with-logic, and that ultimate consoli- 
dation of this year at Brussels which he 
called USQ. 

If I may say so, I have often suspect- 
ed that with these men CBS must have 
sometimes thought that it had bitten 
off a bit more than it could chew. No 
doubt of their leadership and we do 
not need to hold the CBS hand in sym- 
pathy for a few little monetary losses 
here and there. The overall balance 
was emphatically favorable. But, how- 
ever corporate minded they became, 
in their work both remained the purest 
engineers and scientists and, if you 
will, artists. Goldmark was from a dis- 
tinguished musical family. Ben Bauer 
studied classical violin, as I discovered 
one day when I heard some remark- 
able fi coming from his living room 
and went in to find the man tossing 
off advanced fiddle exercises "live" on 
his own instrument. This peculiar 

combination of far-see- 
ing aesthetic, 
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Absolutely 
even torque through 

a full 3600 
DC Direct -Drive Motor vs. Unitorque Motor 

Conventional 
direct -drive motor 

Hitachi's 
Unitorque motor 

Graphic Illustration: Simulation of basic form of motor torque 

Unitorque 
direct -drive turntable 

Hitachi's HT -356 Semi -Automatic Turntable is 
the epitome of accuracy. Its patented Unitorque 
motor has two star -shaped stator coils arranged 
for precise balance, even torque distribution and 
low temperature rise. Brushless, coreless and slotless, 
it eliminates cogging and vibration. And this direct - 
drive marvel features quartz -locked control to keep 
platter speed free from deviation or drift, regardless of 
changes in load, temperature or line voltage. 

Quartz is the most accurate frequency generating 
element known to man. Coupled with Unitorque's 
inherent smoothness, it leads to extremely low 
wow and flutter and virtually unmeasurable 
turntable rumble. 0.03% WRMS and 
a S/N ratio of 75 dB (DIN B). 

This impressive performer also has 
front -mounted controls for full operation 
with the dust cover down. 
The Hitachi HT -356. It's the accurate choice. 

HITACHI 
The New Leader in Aedio Technology 

Audio Component Division, Hitachi Sales Corp. of America, 401 Wes, Artesia Boulevard, Compton. CA 90220, 1213) 537-8383, Extension 228 
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artistic, and scientific background with 
the doer -mover psychology meant 
that CBS as a whole was really rocked - pro and con - by these two, again 
and again; for both were, needless to 
say, consummate persuaders within 
the company, as well as outside it, and 
very much in that order. First, per- 
suade the corporation execs to plank 
down X R & D millions; then persuade 
the public to buy the D via the press. 
Most of the press in our area can re- 
member that relentless, if genteel, 
blizzard that came down upon us in 
favor of this or that CBS project from 
the Goldmark and Bauer offices, and 

of course from every subsidiary branch 
of CBS Public Relations right down to 
the bottom. I would suggest that 
Bauer's persuasiveness was even more 
potent than his engineering logic. And 
equally so with Goldmark. 

Not that these men were remotely 
alike in personality. During the very 
early LP days I used to go visit CBS 
Labs, which then squeezed itself into a 
floor of the old New York CBS build- 
ing, and Dr. G. would take me out to 
some plush, private dining room near- 
by, where I would be treated to uni- 
maginably wonderful food, plus a soft, 
deft, endlessly interesting lecture on 

IS 

Here! 
Polk Audio is pleased to introduce 
the Real -Time Array Reference 
Monitor System. The R.T.A. 12 is 

a perfectionist quality, phase - 
coherent, loudspeaker which 
compares in sound with the 
world's finest and most 
expensive speakers, 
AND... 
is very efficient, 
goes very loud, 
handles lots of 
power, 
has excellent bass, 
looks great, 
and doesn't cost 
a fortune. 

INCREDIBLE SOUND -AFFORDABLE PRICE 

polk 
Monitor Series Loudspeakers 

Polk Audio Monitor Series 
Loudspeakers, priced from less 
than S100 each, are available at 
the world's finest hi-fi stores. Write us 
for complete information on our 
products and for the location nearest 
you. Polk Audio, Inc.,1205 S. Carey 
St., Balto., Md. 21230 Dept. B5 

the latest Goldmarkian developments. 
In later years, BBB would do the same 
but here it was some happily expen- 
sive suburban steak house in Connect- 
icut where Bauer knew all the wai- 
tresses by their first names; and with 
his wife, we three would consume 
whole lobsters while I would again be 
subject to tablecloth and torn -note- 
book diagrams on every aspect of SQ 
and plenty more - see illustration. 

To Teach, Perchance to Learn 
It was sheer education at its best, 

right from the top, a thing that could 
not ever be duplicated by an academic 
course, though that kind of organized 
study is equally important, obviously. I 

floundered (again - see illustration). 
But I learned. 

I tried, I really tried, to ascribe ulteri- 
or motives. Yes indeed, both men were 
single minded about promoting their 
own wares. After all, I would very pos- 
sibly "write them up." But to spend all 
those hours with a non -engineer tyro 
like myself who had no more to offer 
personally than a brain and a desper- 
ate interest to learn the impossible - 
this was beyond the call of duty. And 
public relations. They were natural 
teachers, these two, and as a matter of 
fact in his "off moments" (say a mere 8 
hours a day) Bauer often taught cours- 
es in engineering. I learned with 
dismay, last year after his first and 
warning heart attack, of his pleasure in 
a strenuous 1978 summer course at 
Pennsylvania and the welcome re- 
quest that he expand the project for 
the next summer - this one. Too 
much! He never stopped. And his sat- 
isfaction was clearly in seeing the ad- 
vancement of others' knowledge and 
understanding. The very learning pro- 
cess itself. As is my own satisfaction, 
too, in a smaller way and in different 
areas. This, I may say, is the utter op- 
posite of what I must call the "didn't 
you know?" attitude, which radiates 
disdain towards those who do not 
happen to know the same things as 
the radiator himself. What distin- 
guishes the real teacher in every area is 
a respect for the un -knowledge of his 
students, of whatever sort, even in- 
cluding us reasonably intelligent souls 
in the hi-fi press. I have always cher- 
ished that sort of respect. And with it 
goes another, an equal respect for the 
things that one does happen to know - which was given to me unstintingly 
by Ben Bauer. We should realize by 
this time that leadership, greatness in 
this world, basically means humble- 
ness of spirit. 

Different personalities - yes. I nev- 
er saw Bauer less than humble in the 
deepest meaning of that word. Gold - 
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A NEW PREAMP FOR THAT DISCERNING 
PERFECTIONIST WHO CAN APPRECIATE 

THE DIFFERENCE. 
The new Phase 3000 Series Two 

was desiigied for that discerning 
music -lover who has a passion for 
accurate soLnd. an eye for elegant, 
yet functional design, a feel forcrafts- 
manship, and ai unfailing cetermina- 
:ion to maximize return on investment. 

Tie Phase 3000 incorporates the 
atest technological advancements in 
Preamp design. Transient overloading 
:hat plagues preamps has been 
virtually e ;minated, whether ampli- 
tude, frequency, or slew induced. 
Now you can enjoy the flexibility, 
Per-crmarce and features that are 
priced substantially higher in 
Pflher equipment. 
COOS LOGIC MEMORY SYSTEM 

Most preamps use dated mechani- 
cal swtching cevices that force 
signals to :ravel long, noisy, circuitous 
routes from 
Ire inputs 
to the front ° 

par el, then 

back to the outputs. Ours doesn't. 
The Phase 3000 uses CMOS-digital 
ogic to energ ze switching relays 
ocated where they belong, at the 
nout jacks. This shortens critical 

signal paths. Noise, hum. and the 
"'crosstalk" that's characteristic 
of mechanical switching s vi -tu - 
al y eliminated. 
WANT MORE? 

A listening session with a pair of 
headphones will convince ycu just 
pow much of adifferencea true head- 
phone amp makes. Turn :he 3000 
around, and see how easy it isto patch 
n yo.ar noise reduction unit. 

Two complete taping circu is allow 
you to copy between dec:ks while 
isteriing to another source. 

But we've done enougi tallking. If 
you're serious; about state -of -the - 

PHONO CARTRIDGE FLEXIBILITY 
The two independent RIAA Phono Stages ehm - 

nate all low-level switching. As a result. noise 
is reduced to tneoyetical linnits 

Phono 1 is designed -on moving -magnet 
cartridges and has three selectable 

capacitance values. 
Phono 2 is used with morirg-co;I cartridges 

and has three selectable resistance val aes. The 
expensive outboard head amp usually required 

for a moving -coil cartridge is already 
Dui': inic the 3000. 

THE POWERFUL DIFFERENCE 
MAGE IN USA. DISTRIBUTED IN CANADA By H. ROY GRAY LTD. AND tN AUSTRALIA EY MEGASOUND PTY. LTD. 
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art performance it's time for you :o 
dc some listening. See your 
Prase dealer. 
SPECIFICATIONS: 
Distortion: less than 0.04% 

20Hz-20kHz). 
Typically 0.005% @ 1 kHz.. 

Signal/Noise (IHF "A"): 
Phono 1-Moving Magner: greater 
:han 90dB re: 10mV input 
Phono 2-Moving Coil: greater Than 
78dB re: 1 mV input 

Frequency Response: Phono -11 
Phono -2 deviation: ±0.3óB 

Tone Controls: High & Low F-equency 
controls with switchable turnover 
Points. 

Volume Control: 22 -position 
Precision attenuator with Plus or 
minus 0.5dB tracking. 

Low Filter: 18dB/octave belaNe 15Hz. 

Phase Linear C_a-oeration 
20121 481h Aenue West 
Lynnwo:d, Washington 

98036 



Everyone a eserves to get their mo - s fine 
audio gear you should get your ear's worth es well. At Marcof, 
our goal is to build the finest sounding, highest quality audio 
products possible at realistic prices. The Marcof PPA -1 
moving coil pre -preamplifier at $120, is just that. Soon a new 
preamplifier and very unique cables will join the ranks. Ask 
your dealer. 
If it's the finest in audio you're looking for, let help you. 

Marcof 7500 Big Bend Blvd., Exclusive Canadian distributor 

Electronics Webster Groves, MO 03110 Tune Audio Marketing 
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20 Without 
The Audio Critic, 
you'll never know. 

Which $3000 -plus speaker system 
produces sheer garbage instead of the 
true sound of music? And, on the other 
hand, which $400 stereo power amplifier 
is almost as good as the world's best, 
regardless of price? What's wrong with 
nearly every phono cartridge and tone 
arm on the market today? 

Without The Audio Critic, you'll 
never know. Other audio publications 
must kowtow to advertisers or, if they're 
noncommercial like The Audio Critic, 
their scientific grasp of the subject and 
their listening criteria are generally on 
the audio -store cowboy level. Only The 
Audio Critic has 100% respect for the 
laws of physics, combined with a 
complete, in-house laboratory facility 
plus a $25,000 reference system for 
listening to new components under test. 

Seven issues have been published so 
far; the last four are still in print. You 
may want to start your subscription with 
Number 6, which is a cumulative refer- 
ence work with over 150 reviews. Send 
$30 for 6 consecutive issues by first-class 
mail (no Canadian dollars, $6 extra for 
overseas airmail) to The Audio Critic, 
Box 392, Bronxville, New York 10708. 

oudspeaker System 
10% off 
This Ad KI T SALE 

GEN. II 754i! $88.88/pair save 

Gen II. A full-sized speaker kit with a [- .jatt 
full-sized sound-at 1/4 the price! Build 
this kit yourself for only $88.88/pair. 17,1-P 

Cabinets have slight dents and vinyl de - 
laminations, but so what? Speakers Inc. Ì lude 8" woofer, 10" passive radiator, 
31/2" superhornT. Cabinet size: 264,"H 
x 141/2"W x 1142"D and comes with 
damping grill cloth. Sh. wt. 80 lbs/pair. 
Ord. No. 98A0090 $88.88/pa!r 

Data sheet included with all kits. 
Another kit fit for complete sound 
repro is the 3 -Way Bookshelf' system 
that S matas 
7V,"O. Kits Includes 10ures " rear -firing pas- 

po 5 hoe rad lWL 8" MR, Hz" pies 
horn T. Free rasp 30 Hz to 25 KHz, 

W x 

1111! power (e $Watts. Save 7598 off 
Ils? prlee of over $500/pair. Our untler 

$138.88/p air ground price Is $138.88/pair. 
9130224..96 Ibs/pair.. $138.88/pair 

IT' 
pLUs, Ua 

goWer 
pM 

with 
4 -Way 

5PE giaAKERd IsoundT. l Earth bows 
inet $119.881 pr. 

and brilliant highs from a system that 
includes a pair of 3t.:" piezohorn T's, a 
8" MR, and a 12" passive radiator (W). i" 
Size: 254"H x 14':;"W x 11'5"D. This 
system is for really big sound recuire- i' Pm' 
ments. Our price is absurdly low because 
of our super industry contacts, and also 
because of vinyl imperfections, dinged 

rorners,Fre4. 
resp. Is 30 Hz to 25,000 Hz 

BUT WHAT A PRICE FOR SECONDS! 
Do it yourself and refinish for a hand- 
some system with immense savin ps. List 
price fora pair like this $389.SAV E 75% 
9110123 $119.88/pr. $1,998.88/20pr. 
SPECTRUM "Q" SPEAKERS 'Ferro lid dampe 

Ref. No. FAR FR 
'10541 1.3k 22k 
70203 2 22 
30248 40 
30331 40 
70449 3 15 
e0111W .5 12 

'0540 .5 12 
5MR5 .8 12 
B0110W 36 3 
'10006 35 7 
80114 
00115 
00116 
80124 
00117 
B0118 
80119 
B0120 

27 2 4Q 
24 2 20 
20 2 40 
21 2 26 
34 2 12 
Passive Radiator 
Passive Radiator 
Passive Radiator 

MgWt PoW Dia VCD EACH/PAIR 
90z 50 4 3/4 6.88/11.88 
9 100 4 1 11.88/21.88 
niezoT 3'/a 7.88/14.88 
piezoT 206 14.88/27.88 
4 5 1.5/8 9/16 3.00/5.00 
9 70 5 1 10.88/18.89 
9 70 5 1 10.88/18.88 
3 35 5 9/16 8.88/15.88 
20 75 8 1'/z 22.88/42.88 
12 60 8 11/2 16.88/29.88 

100 10 2 32.88/59.88 
75 10 l'/z 17.88/33.88 
100 12 2 34.88/67.88 
90 12 2 29.88/56.88 
60 12 11/2 17.88/33.88 

12 12.88/23.88 
10 8.88/15.88 

8 6.88/11.88 
SURPLUS IS YOUR BEST BUY! 

B&F Enterprises Dept A8 
119 Foster St. Peabody, Mass. 01960 

(617) 531-5774 
Use major Credit cards to charge by phone. $10 min. on 
all charge orders. No C.O.D.s. Please add postage. In 
manch NH, visit our store- The Towne Dumpe, 
next to Woolco on So. Willow. Great buys on electronic 
parts SEND TODAY FOR OUR FREE CATALOG! 

mark, at the glorious height of his 
fame, I thought rather enjoyed the 
perquisites and fringe benefits that 
come to the Big Boss. I will never for- 
get the day when, happening to be at 
CBS for some other biz, I casually 
asked if I could stop by for a moment 
and see Dr. G., just for old times. It 

was at the apex of that glorious CBS 
development, EVR (TV recorded on 
film), and Dr. G. was IT. Braces of low- 
ly minions took me in charge and I 

was granted the privilege of an INTER- 
VIEW, maybe for five minutes. I 

walked in and gaped - there he was, 
the Great God himself in his CBS 
heaven, behind a monstrous white 
desk so covered with phones and 
pushbutton consoles I could hardly 
see him, Rajah of Rajahs, the Panjan- 
drum! Believe it or not, I began to 
laugh. Never saw such a preposterous 
sight. 

"I didn't even ASK for an interview," 
I sputtered, "I just wanted to say hello - and look at you!" For a moment a 
black thundercloud arose. Dr. Gold- 
mark could be pretty formidable when 
he wanted to. But a twinkle quickly 
appeared and he suddenly laughed, 
too, almost apologetically. Those fancy 
trimmings really did look sort of silly. 
How could I be expected to take them 
seriously? 

Before his last and somewhat pen- 
sive speech at an AES banquet, long 
after EVR, he came up to me of his 
own accord in the preliminary cocktail 
hour, this time with no conceivable 
public relations in mind - simply as a 
human being. I was moved. Not so 
long after, he was killed in a hideous 
car accident. 

I am, of course, aware that from his 
position as an executive in a very large 
corporation Ben Bauer was able to 
wield great power in the long, frustrat- 
ing war of the quadraphonic systems. I 

do not think he ever abused the engi- 
neering aspects of that power, and I 

know that he was always ready to 
meet arguments with the most de- 
tailed reasoning. I must say now that 
in private I did not myself necessarily 
go along with all aspects of the SQ sys- 
tem that I could judge and understand - that is, the audible, musical aspects. 
I did feel that there were other and 
reasonable premises and different val- 
ues, if not always presented with the 
rigorous logic that was Bauer's. But 
now that he is gone, few of us are like- 
ly to challenge the sheer technical ele- 
gance of his conclusions. Enough! 
Even BBB's erstwhile foes are going to 
miss the excitement of the fight that is 

now over, for him. 
Take a look at that Brussels paper - 

it'll soon be around. USQ by BBB. A 
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The standard 
bearers. 
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The high bias standard. 
In the past few years, these fine deck 
manufacturers have helped to push 
the cassette medium ever closer to 
the ultimate boundaries of high 
fidelity. 'Ibday, their best decks 
can produce results that are 
virtually indistinguishable 
from those of the best reel-to- 
reel machines. 

Through all of their tech- 
nical breakthroughs,they've 
had one thing in common. 
They all use TDK SA as 
their reference tape for the 
high bias position. These 
manufacturers wanted a 
tape that could extract 
every last drop of per- 
formance from their decks 
and they chose SA. 

SUPtrt AYILYN CASSE 71 L 

Super Ptacisron Cassette Mechanism 

ART PERFORMANCE 

And to make sure that 
kind of performance 
is duplicated by each 
and every deck that 
comes off the assembly 
line, these manufac- 
turers use SA to align 
their decks before they 
leave the factory. 
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e 1979 TDK Electronics Corp. 

Which makes SA the logical choice 
for home use; the best way to be sure 
you get all the sound you've paid for. 

But sound isn't the only reason 
SA is the high bias standard. Its 
super -precision mechanism is the 
most advanced and reliable TDK has 
ever made-and we've been backing 
our cassettes with a full lifetime 
warranty* longer than anyone else 
in hi fi-more than 10 years. 

So if you would like to raise your 
own recording standards, simply switch 
to the tape that's become a recording 
legend-TDK SA. TDK Electronics 
Corp., Garden City, NY 11530. 

TDK. 
The machine for your machine. 

'In the unlikely event that any TDK cassette guar raie to Perform due to a detect .n materials 
Ca workmanship simply return rt lo your local dearer or le 1UK for a tree replacement 
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Bert Whyte 

While video cassette recorders are 
still relatively new on the scene, and 
obviously the market for them hasn't 
even been scratched, it is amazing 
how many people have progressed 
through several generations of VCR 
units, adding the jazzy new pro- 
grammable units or color cameras to 
their VCR set-ups. Now the latest en- 
thusiasm is for the new portable VCRs, 
which with an appropriate color cam- 
era permits a vast broadening of VCR 
interests. With the ability to record a 

scene in full color and then get instant 
playback on your TV screen, this 
brings out the "ham" latent in every- 
one and "sells" the system far better 
than any salesperson. 

For the past several months I 

have been enjoying using the nifty, 
new JVC VHS portable VCR and 
color camera. The system consists 
of the HR -4100 portable Vidstar 
VHS 1/2 -in. video cassette recorder 
and the GC -3350 color camera with 
Color Control Unit (CCU). The HR - 
4100 weighs in at 21 lbs. with its 
battery pack. The PBP-1 battery 
pack is a nickel -cadmium type which 
is rechargeable overnight via the AA - 
P41 battery charger. There is also an 
a.c. adaptor which supplies d.c. power 
to the VCR. A fully charged battery 
provides about three hours of record- 
ing time. For those who really ride this 
hobby horse, you can carry a spare 
charged battery, which can be 
changed in minutes. The VCR accepts 
standard VHS cassettes and permits up 
to two hours of recording with the 120 
cassette. Being a portable design, the 
HR -4100 has a gyroscopic capacity so 
that the unit can be subjected to fairly 
abrupt motion without mechanical 
damage or recording malfunction. An 
aid, too, is that during fast -forward 
and rewind modes, the videotape is 

not wound around the head drum. 
The VCR has low wow and flutter 
thanks to a capstan servo system. 
There are finger -type pushbuttons for 
Play, Stop, Rewind, Fast Forward, 
Record, Pause, Audio Dub, and Eject. 
On the front panel are a digital coun- 
ter with search button and pilot lights 
showing battery condition and dew 
conditons. The latter is quite import- 
ant, since quite often the VCR will be 
used outdoors. An automatic dew pro- 
tector automatically shuts off the VCR 
when the external temperature drops 

Peg 

JVC's HR -4100 is portable 
but weighs a hefty 21 lbs. 

below a predetermined threshold and 
there would be a threat of condensa- 
tion. A tracking control is provided to 
correct picture distortion during play- 
back. The HR -4100 has a built-in r.f. 
adaptor so that it can be played 
through any TV set on the usual chan- 
nels, 3 or 4. This VCR uses the JVC 

rotary, slant -azimuth, two- 
head, helical -scan system to 
record the NTSC color signal. 

Tape speed is 1.31 ips, the signal- 
to-noise ratio is better than 45 dB, 

and color resolution is 240 lines. Wow 
and flutter is spec'ed at less than 0.5 

percent rms. Audio S/N ratio is rated 
at 40 dB, with a frequency response of 
70 Hz to 10 kHz. There are jacks pro- 
vided for mike input and earphones. 
I have found the HR -4100 to be 

mechanically reliable, with 
smooth operating controls, and while 

noise is hardly a factor outdoors, it is a 

quiet -operating unit. This VCR certain- 
ly is a neat and tidy package, thus 
qualifying as a portable unit, but 21 

lbs. gets to be a bit burdensome after 
awhile. 

JVC makes a number of color camer- 
as, and the GC -3350 model I have 
been using has some deluxe features. 
For one thing, this camera has an elec- 
tronic viewfinder (in essence a tiny TV 

screen) which is far better than the 
usual optical viewfinder. The camera is 

equipped with a high -quality, 6 -to -1 

zoom lens, ranging from 12.5 -mm 
wide angle to 75 -mm telephoto. Aper- 
ture is a fast f 1.8. A lever is used to 
control the zoom, and I found it very 
smooth working. There are the usual 
focusing and aperture rings. With an 

adjustment, the lens can be set to Ma- 
cro position and focus as close as four 
inches. The start/stop switch activates 
tape motion when the camera is con- 
nected to the HR -4100. The camera is 

equipped with a fairly sensitive omni- 
directional condenser microphone. 
With the built-in sync signal genera- 
tor, needless to say, picture and sound 
are in perfect juxtaposition. The cam- 
era actually plugs into the external 
Color Control Unit. This 2 -lb. unit is 

largely responsible for the excellent 
color produced by this camera. The 
CCU has a color compensating switch 
which selects between outdoor, 
indoor, morning/evening or a manual 
position which permits further fine 
tuning of red and blue elements. As 

you might expect, in bright sunshine 
with the color temperature at 6500 de- 
grees Kelvin, color quality of the image 
is at optimum, with highly saturated, 
clean, clear colors. Red is particularly 
well reproduced. The color system 
used in the camera is NTSC frequency 
multiplex type and uses 2215 inch Vidi- 
con tubes with electrostatic focus. The 
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What separates our separates 
from the boys. 

Two things, actually. 
Number one, Sherwood separates are the only separates 

designed to outperform our receivers. Because we don't make a 
laundry list of products, we can concentrate on creating the most 
practical, reliable and audible design improvements in our tuners 
and amplifiers. 

Like our S-32 CP Stereo Tuner and S-702 CP Integrated 
Amplifier. 

The Tuner offers 50 dB stereo quieting from less than 38 
micro volts of signal. That's station monitor -quality performance. 

There's a multiplex noise filter to eliminate noise in weak FM 
signals and an output level control so you can match the volume 
levels of broadcasts and records. 

And more. 
The Amp gives you pre -amplifier outputs and power amp 

inputs. You get a phono section with THD of .008% (or less), 92 dB 
signal-to-noise ratio and subsonic filter. It's DC coupled with 
fully complementary circuitry in the amplifier section. 
After we put them together, we take them apart. 

The second thing that sets our separates apart from our com- 
petitors is the fact that we're the only maker of audio components 
to certify and notarize their performance in writing. 

After production, every Sherwood Amp and Tuner is individ- 
ually checked and adjusted for maximum performance under the 
supervision of the engineers who originally designed the model. 

OSHERWOOD I S-32 OP STEREO TUNER 

fM 

WEP 

.+.W...... .... 

With Sherwood Certified Performance" Separates, what you 
see in writing is what you hear. Certifiably. The result? Distortion - 
free sound that's music to your ears. 

SHERWOOD 
Certified Performance Series 

+aoeL r1O CP seam. ua..Ra:-lOL9IIll.lz 

20. ,.o.10. MX. ,ao. . . 

Po...,,.,..,,.., .,,.,n.a .. -.%__.a 
ARAnm a... al.oa,n.Iaa.ul..,, , oºz__ . 

P-.IK..l,a.....lo _ iiQ -- ..,..,, 

PARML- 

It all adds up to a sound deal. 
A fine-tuned Sherwood Tuner and Amp with specs you can 

believe. Together, they make the hi-fi heart of a superb audio 
system with all of the flexibility and performance only superior 
audio separates can provide. And it won't cost you an arm and a 
leg to own them. 

SHERWOOD 
The Certified Performers:" 

....lu....u.L 92aL.,... 
lu,. ..... S. 12 

.t... 
14. 

540 YOO 

SEL SOTOR 

HAVE, TREBLE 

MOWER PHONES 

VOLUME 

Ai.nN[.E 

OL TER C7I 
SUBSONIC NOISE LOUDNESS MODE INPUT I M'%INO 

MPX 
NOME 

FILTER MUTING 

SELECTOR 

OUsr MOPMTOR 

9+FM DOO I S-702 CP STEREO AMPLIFIER 

,,I.., 11111111. I:so 
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How close can 
hi-fi get to an 

authentic musical experience? 

ASlip on new Audio-Technica 
Stereophones and 
hear for yourself. 

If you want to find out how good the new Audio-Technica 
Stereophones really are, don't just compare them with 
other headphones. Put them up against the very finest 
speaker systems. But don't just listen to the equipment. 
Listen to the music. And be ready for a surprise! 

Judged on the basis of flatness of response, freedom 
from distortion, transient response, sensitivity, and 
independence from room acoustics, these new dynamic and 
electret condenser models are perceptibly better sounding 
than speaker systems costing hundreds of dollars more. 

And if you think that great performance can only 
come from heavy, bulky stereophones, get ready for another 
surprise. Our heaviest model is less than PA ozs. and our 
lightest is an incredible 43/4 ounces light. Comfort that 
lasts an entire opera if you wish. 

For all the facts, send for our catalog. But for the 
revealing truth about stereophone performance, listen and 
compare at your nearby Audio-Technica showroom. 
It will be a great musical experience. 

Model ATH-7 
Our finest Electret Condenser 
with LED peak level indicators 
$149.95 

Model ATH-1 
The moving coil dynamic stereo- 
phone that weighs just 43/4 oz. 
$29.95 

audio technica. 
INNOVATION o PRECISION INTEGRITY 

scanning system is 525 lines, 2:1 inter- 
laced. Horizontal resolution is better 
than 400 lines, and S/N ratio is better 
than 45 dB. There is a Sensitivity con- 
trol switch on the CCU with Normal 
for regular lighting situations or Up for 
low light. Minimum practical illumina- 
tion that will give a reasonably ex- 
posed picture is nine foot-candles. 
When you look through (more 
appropriately, at) the viewfinder, there 
is an aperture setting guide with plus 
or minus indications and a "proper" 
center mark. A white marker should be 
centered for proper exposure, which is 

HR -4100, GC3350, and CCU. 

accomplished by turning the aperture 
ring. Once you observe the contrast 
ratios of your image, and select that 
which you find pleasing, you are free 
of slavishly centering the aperture 
marker all the time. However, when 
you are zooming from the extremes of 
wide angle to telephoto and vice ver- 
sa, unfortunately the camera does not 
have automatic iris control, and the 
aperture setting will vary with the fo- 
cal length changes. The camera is real- 
ly quite easy to use, and in conjunc- 
tion with the HR -4100 produces out- 
standing, high -quality images on the 
videotape. Naturally, you are pro- 
ducing "direct" camera -to -VCR imag- 
es, so there is none of the "hash," 
"snow" or picture granularity which 
often afflicts transmitted television 
pictures. What a pleasure to see such 
clean, steady, beautiful color images. 

As to what you can do with a porta- 
ble VCR set-up like this, the list is end- 
less . . . photograph your golf swing 
or tennis form by using a sturdy tripod 
if there is no one around to capture 
your style . . . show your son his boo- 
boos or heroic efforts at his Little 
League game . . . make a production 
of your local theater group. You can 
never run out of subjects, and, best of 
all, it's available for instant playback. 
have found this JVC portable set-up to 
be of excellent quality, endlessly fasci- 
nating, and, I assure you, definitely 
addictive! At list prices, the system will 
be around $2,700 . . . but think of the 
money you will save on film! 
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Perfection 
for the 
Professiona 

Drawing upon their unequalled 
30 year leadership in magnetic 
recording technology, Tandberg's 
TD 20A open reel tape recorder 
extends their traditionally superior 
level of performance to even further 
limits-to even beyond the present 
capabilities of today's magnetic 
recording tape! This is due to 
Tandberg's exclusive ACTILINEAR 
Recording System, which not only 
provides up to 20 dB headroom 
margin over existing tape, but is 
specifically designed to be used with 
the new high coercivity tapes that will 
appear in the market in the near 
future-including the soon -to -be - 
available metal particle tapes. No 
other quality open reel tape recorder 
can make this obsolescent -proof 
claim today. 

The ACTILINEAR Recording 
System's extremely linear frequency 
response ("ruler flat" according to 
some test reviewers) not only makes 
the TD 20A essentially immune to 
slew -rate limiting and transient 
intermodulation distortion (TIM), but 
also means better transient 
response and lower distortion 
overall. 

Adding to the TD 20A's superior 
level of quality & performance is its 
unique PROM computer -controlled 
four -motor transport, as well as its 
many standard operating features 
that permit a degree of performance 
and control flexibility that you would 
expect only from Tandberg-the 
world leader in tape recorders. 

Visit your authorized Tandberg 
dealer for a demonstration of the 
TD 20A. Check our guaranteed 
minimum specifications and rate 
them against any other man- 
ufacturer. Combined with the 
unsurpassed ease of operation & 
control, the TD 20A is probably more 
tape deck than you actually need. 
Isn't it the way things should be? 

For your nearest dealer write: 
Tandberg of America, Inc. 
Labriola Court 
Armonk, N.Y. 10504 

TANDBERG 

Tandberg's unique ACTILINEAR 
Recording System, offering up to 
20 dB headroom margin over 
existing tape. And easily 
adjustable for use with the new 
high coercivity tapes to come, so 
your TD 20A is obsolescent -proof! 

Tandberg's exclusive PROM 
computer -controlled four -motor 
transport that eliminates solenoids 
and relays. The unique fourth 
motor (behind the left reel) 
operates the pinch roller & servo 
brakes, achieving a smooth, 
noiseless and reliable operation 
simply not possible with the 
conventional solenoid -activated 
systems the fourth motor replaces. 
The ultimate touch to our 
"punch -in" record capability. 

Still more features: Four line input 
mixer + Master gain control with 
pre-set, Self adjusting input 
amplifier, Front -panel bias 
adjustment, Mic sensitivity switch, 
Channel Sync & Sound -on -Sound, 
"Free" mode & Edit/Cue facilities, 
Infrared -controlled motion 
sensing device, Professional 
scrape -flutter filter, Separate 
power supplies for operational 
functions & audio functions, and 
Peak -reading equalized meters 
that have been graphically 
redesigned for easier reading. 

Optional PCM 
infrared wireless 

remote control for an 
ease of operation 

that doesn't tie you 
down to the length of 

a cable. Plus 
automatic start & 

stop via a timer 
switch (optional). 
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Herman Burstein ide e 
Copying Dolby -Encoded Tapes 

Q. What is the procedure when 
copying a Dolby -encoded tape to pro- 
duce a Dolby -encoded copy?- David 
Rowland, Parlin, N.J. 

A. There are two schools of thought 
on this. The first, and apparently pre- 
ferred one, is that to obtain proper 
tracking (correct application of treble 
cut on low-level signals), you should 
play back through a Dolby decoder to 
restore a flat signal and then record 
through a Dolby encoder to make the 
dubbing. The second school of 
thought is that the less you tamper 
with an audio signal, the cleaner the 
final result will be. You would thus 
play the original tape without decod- 
ing, and copy this by recording with- 
out encoding. Accordingly, the copy 
will retain the original encoding. 

I have tried both methods, and with 
my equipment and to my ears there is 

no obvious or consistent difference in 
results. With your equipment and your 
ears, however, there might be a differ- 
ence. 

External Dolby Hook -Up 
Q. I am planning to buy an external 

Dolby unit. I'm wondering how to 
hook up this unit to decode FM Dolby 
broadcasts. Can the unit be put be- 
tween my receiver and my open -reel 
tape deck, or would it be necessary to 
connect it between the preamp and 
amplifier sections of the receiver?- 
Scott MacGregor, Atlanta, Ga. 

A. You apparently have two objec- 
tives: (1) To produce Dolbyized tape 
recordings for any signal source (FM, 
phono, etc.) and (2) to decode Dolby- 
ized FM broadcasts. To meet the first 
objective, the Dolby unit must be 
placed between the receiver and the 
deck, utilizing the "tape -out" and 
"tape -in" jacks of the receiver. To 
meet the second objective, you need a 

switching arrangement that permits 
the decoding (playback) section of the 
Dolby unit to be connected to the FM 
signal. Quite possibly your deck pro- 
vides such an arrangement, particular- 
ly if it is of the three -head type that 
permits simultaneous record and play- 
back, as it will have a "tape -source" 
switch for monitoring. The switch can 
be set to the source position to accept 
the FM signal, and this can be pro- 

cessed through the decoding section 
of the Dolby unit. Altogether, the Dol- 
byized FM signal would be routed 
through the Dolby unit's recording 
section but with Dolby encoding off, 
through the tape deck (without other- 
wise operating the deck), through the 
Dolby unit's playback section with 
Dolby decoding on, and into your re- 
ceiver via the "tape -in" jacks. In the 
case of non-Dolbyized FM broadcasts, 
you would play the FM signal straight 
through the receiver, without going 
through the above sequence. 

Storing Tape Recordings 
Q. I have been led to believe that 

tape recordings should be stored care- 
fully away from electric motors and 
electronic equipment lest the record- 
ings be damaged by stray magnetic 
fields. But I have also read an article 
with a different view. It summarizes a 

3M Company report to the effect that, 
apart from a magnet placed directly on 
a reel of tape, no electrical or magnetic 
device in the home is likely to damage 
the magnetic impression on a tape. 
Has anyone confirmed 3M's research? - Everett Young, APO New York 

A. The 3M Company is one of the 
primary authoritative sources on mag- 
netic tape recording, and I am inclined 
to trust their findings. Studies by the 
National Bureau of Standards have 
confirmed the point that only an ex- 
tremely powerful magnetic field very 
close to the tape (a matter of a very 
few inches) will endanger the tape. 
That danger is erasure. 

My own experience is that a very 
powerful electromagnet (ordinarily 
used as a bulk eraser) brought as close 
as about four inches from a reel of 
tape has no audible effect on the re- 
corded sound. 

It seems, altogether, that a safe rule 
would be to keep tapes at least six 
inches away from possible sources of 
magnetic fields, such as those emanat- 
ing from motors, speakers, etc. If you 
want to be extra, extra safe, change the 
rule to one foot. 

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

AUDIO, 401 N. Broad Street, Philadelphia, PA 

19108. All letters are answered. Please enclose a 

stamped, self-addressed envelope. 
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Our 120's do something unusual. 
They work. 

Anyone who uses 120 minute cassettes 
knows the tape is not only a fot thinner than 
the tape in a 60 minute cassette, it's also more 
susceptible to stretching, buckling, and tearing. 

Yet few people realize tre fault lies not 
in the tape itself, but in poorly constructed 

cassette housings. 
At Maxell, we build our cassettes to nigher 

standards than the industry calls for. We use 
heavy-duty styrene in our cassette housing, 
special guide rollers with precision steel pins 
and teflon slip sheets. All of which help 

eliminate sticking and jamming. 
So if you're looking for a 120, why look 

for trouble. 
Try Maxell. The two hour cassette that's 

guaranteed to work. 
Forever. 
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The Sennheiser HD 430's are so light you'I "soon 
forget you're wearing them. But you'll never forget the 
sound. You'll hear, on your audio system, sound qualities 
you didn't know you had. Brilliant trebles, accurate 
mid -range notes. And the bass! Because of the unique 
Sennheiser Open -Aire® design, the bass no -es come 
through with all the authority you'd expect to hear from 
the best concert seat in the house. 

The HD 430's are only one of a complete line of 

Sennheiser Open -Aire headphones-each designed to 
give you the best possible sound for your particular 
requirements. They're available at quality dealers across 
the country-just drop us a postcard for the name of 
the one nearest you. 

lkSENNHEISER 
...the one the dealers take home, themselves 

SENNHEISER ELECTRONIC CORPORATION: 10 West 37th Street, Ne /York, N.Y. 10018, (212) 239-0190 
Manufacturing Plant eissendorf/Hannover, West Germany 



The annual Los Angeles convention 
of the Audio Engineering Society was 
later than usual this year, May 15-18, 
and unfortunately coincided with the 
gasoline shortage hysteria that swept 
California. While the 63rd AES Con- 
vention was bigger than ever, and set 
new records for the number of exhibi- 
tors, the gasoline crunch kept the at- 
tendance at about the same level as 

last year. 
Just prior to the convention, May 11- 

13, UCLA Extension, in cooperation 
with the AES and Audio magazine, 
presented a seminar on "The Revolu- 
tion in Home Entertainment: New 
Technology's Impact on the Arts." 
Chaired by Martin Polon, Director of 
Audio -Visual Services at UCLA, who 
was also the Chairman of the 63rd AES 
Convention, this symposium suffered 
a reduction in attendance as a conse- 
quence of the gasoline problem. 
Nonetheless, there was quite a re- 
spectable turnout, with the attendees 
ranging from engineers of the audio 
manufacturers, salesmen from audio 
retailers, inquisitive audiophiles, and 
even Wall Street analysts. Everything 
from digital recording through direct 
disc to the latest developments in 
speakers, amplifiers, tape technology, 
all aspects of video, laser communica- 
tion, and satellite broadcasting. Final- 
ly, "Visions of the Year 2000" was pre- 
sented by a panel of speakers which 
included Dick Heyser; John Eargle; 
Bart Locanthi of Pioneer Development 
Laboratory; Stan Ricker of JVC Cutting 
Center; Emil Torick, former President 
of the AES and a Director of the CBS 

Technology Center; Jeffrey Krauss of 
the FCC; Bruce Apar, Editor of Video 
magazine; John Dykstra, supervisor of 
special effects for "Star Wars" and pro- 
ducer of "Battlestar Galactica," and 
yours truly. As the first effort in what 
apparently will be an ongoing series, 
the symposium had some organiza- 
tional rough -spots and awkwardness 
in presentation, but most participants 
felt the event was worth their time and 
enjoyed the lively repartee with the 
panelists. 

As expected, some pretty "far out" 
ideas were in the scenario for home 
entertainment in the year 2000, with 
the consensus being that the home 
will have a central "media room," 
where at the punch-up of a program in 
a personal computer you command an 
incredible diversity of audio-visual 
sources, all presented in wall -sized 
three-dimensional holographs and 
360 -degree "live" sound. It was sort of 
ironic that this vision of the "brave 
new world" was being proposed in the 
midst of a gasoline crisis, since the en- 
ergy requirements for this kind of in- 
stallation and, indeed, many of the 
materials of the media complex itself 
are dependent on petroleum. It is ob- 
vious that, 21 years from now, we had 
better be operating on fusion power 
and have developed alternative mate- 
rials for our "media rooms" or they 
will forever remain a fantasy. Martin 
Polon is to be commended for initiat- 
ing this important new symposium 
and given a vote of appreciation as 

well for a smooth running AES con- 
vention. 

As for the 63rd AES Convention, di- 
gital recording was as expected a 

prime topic, but rather surprisingly, 
not as dominant as in the past several 
conventions. Now I'm not saying that 
there is any diminution of interest in 
digital, merely that some of the manu- 
facturers involved with digital equip- 
ment encountered problems which 
have delayed the debut of certain new 
digital products. For example, 3M's 
elaborate Inter -Technology Exchange 
(ITX, Ltd.) digital editing system evi- 
dently ran into a few "glitches," and it 
was deemed "not quite ready" for 
demonstration and subsequent pro- 
duction. Similarly, the long -anticipat- 
ed debut of the Ampex digital recorder 
has been delayed. I believe they were 
quite close tó its introduction, and, in 
view of this, perhaps we will see a spe- 
cial presentation of the recorder rather 
than endure the long wait until the 
November AES Convention at the 
Waldorf. However, counter to these 
unfortunate "no-shows" was the intro- 
duction of a new digital recorder from 
Technics; and an electronic editing 
console from Sony for its PCM-1600 di- 
gital recorder, an upgraded version of 
their original PCM-1 unit, now called 
the PCM-100, and a unique sampling 
rate converter, Model DSX-87. 

The Technics open -reel digital re- 
corder uses a dosed -loop tape trans- 
port based on their by -now -familiar 
RS -1500. This system is a radical depar- 
ture from anything previously shown 
by Technics and features an entirely 
new digital code format. Tape width is 

one -quarter inch, and tape speed is 15 
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fact: 
the phono 
cartridge is the 
heart of hi-fi... 

The hi-fi phono cartridge functions as the 
source of sound (the point at which the 
recording is linked with the balance of the hi-fi 
system)-therefore, its role in high fidelity is 
absolutely critical. Just as the camera can be 
no better than its lens, not even the finest 
hi-fi system in the world can transcend the 
limitations of an inferior cartridge. The cartridge 
represents a relatively modest investment 
which can audibly upgrade the sound of your 
entire record playback system. 

Consult with your nearby Shure dealer who 
will help you select the Shure phono cartridge 
that is correct for your system and your 
checkbook. We especially recommend that 
you audition the Shure V15 Type IV. Discrimi- 
nating critics throughout the world praise 
this cartridge as the new standard for faithful 
sound re-creation. It overcomes such ever- 
present problems as dust, static electricity, 
"hot" signals, and record warp that cause 
"clicks" or "pops:' and distorted record 
reproduction. May we send you our brochure? 

Ii 
Shure Brothers Inc., 222 Hartrey Ave., 

Dept. H1, Evanston, IL 60204 
In Canada: A. C. Simmonds & Sons Limited 

SI --HURE 

Manufacturers of high fidelity components, 
microphones, sound systems and related 

circuitry. 
Enter No. 35 on Reader Service Card 

ips. It is claimed that this will permit 
one hour continuous recording on a 

101/4 -in. reel. This recorder (as yet un - 
designated as to model number) uses 
16 -bit linear quantization with a sam- 
pling rate of 50.4 kHz. The unit uses 

the unique thin-film magnetic head 
for recording and a magneto -resistive 
thin-film head for playback. These 
thin-film heads are made by photo - 
etching techniques similar to that em- 
ployed in the manufacture of semi- 
conductor devices. Because of this, 
uniformity of the heads is extremely 
high and costs comparatively low. This 
Technics recorder has four audio 
channels, but future formats would be 
32 channels on one -inch tape and 48 

channels on two-inch tape. Actually, 
there are 20 tracks on this quarter -inch 
tape ... four audio channels, and four 
tracks to record each channel (three 
data and one parity), and four auxiliary 
tracks for such things as SMPTE time 
codes and analog tracks which would 
permit cut -and -splice editing tech- 
niques. This machine uses the data 
block system, and one data block of 
each track consists of one word of 
sync, 14 words of data, and one word 
of CRCC (cyclic redundancy check 
code). One word consists of 16 bits for 
data and CRCC and 12 bits for sync. 
All this adds up to complete parallel 
processing for bit -error detection and 
dropout countermeasures. Dynamic 
range of this digital recorder is rated at 
better than 90 dB, with THD less than 
0.05 percent, and a frequency response 
of 20 Hz to 20 kHz plus or minus a 

mere half of a dB. With the SMPTE 
time code that is recorded on one of 
the auxiliary channels, electronic edit- 
ing and assembly is possible, although 
at present no editing system is avail- 
able. A great deal of interest was 
shown in this Technics digital recor- 
der, especially when it was announced 
that the price of the unit is expected to 
be about $20,000, making it the least 
expensive 16 -bit, fixed -head recorder 
thus far available. There, in fact, is the 
rub ... production of this recorder is 

not slated until the fall of 1980. 
The new Sony DEC -1000 editing 

controller is a very sophisticated elec- 
tronic editing and assembly unit for 
use with their PCM-1600 digital audio 
processor and U-Matic VCR. This is a 

really slick unit, which actually permits 
edit points to be selected with a man- 
ual search dial and rotating the reels 
back and forth in the manner of pres- 
ent analog recorders. An auto search 
system is also provided. As with all 
present electronic editing systems, two 
VCR transports are necessary for edit- 
ing lay-out and recording. In use, an 
approximate edit point within a six - 

second range is selected and stored in 
a memory. Then this six -second seg- 
ment is scanned and searched for the 
exact edit point. Edits can be pre- 
viewed, shifted in two millisecond 
steps over a 100-mS interval. Butt and 
crossfade edits are available, and edits 
are claimed to be accurate within 90.8 
microseconds (equavalent to four 16 - 

bit data words on the PCM-1600). Even 
level differences can be crossfaded 
over seven selectable fade times from 
0.5 microsecond to 100 mS. Various 
LED indicators are used for editing 
functions, and an SMPTE time code 
generator and reader are available. Di- 
gital tape counters for the lay-out U- 
Matic VCR units are provided. This 
DEC -1000 electronic editing system is 

contained in a convenient desk -type 
console. No pricing information as yet. 

Sony was also showing its interest- 
ing two -channel DSX-87 sampling rate 
converter. With its own internal clock, 
this unit can convert in real time the 
44.056 -kHz sampling rates common in 
video -type PCM units to the 50.4 -kHz 
sampling rates used for fixed -head di- 
gital recorders, like the Sony 3224 24 - 
channel model, and vice versa. With 
inputs for external clock systems, sam- 
pling rate changes up to 55 kHz can be 
accommodated. The big point with 
this converter is that sampling rate 
change can be accomplished without 
leaving the digital domain. Conversion 
errors are claimed to be held to one 
LSB (least significant bit) for input fre- 
quencies from d.c. to 20 kHz. Last, but 
not the least of the new digital prod- 
ucts from Sony is their PCM-100, 
which is the successor to the original 
PCM-1 system. The PCM-100 is a two - 
channel unit which is the first to use 
the new Japanese standard 14 -bit lin- 
ear quantization system, although the 
sampling rate is still at 44.056 kHz. 
Sony claims much improved error de- 
tection and dropout correction in the 
PCM-100, using their Cyclic Redun- 
dancy Check Code, interleaving and 
interpolation up to 64 horizontal lines. 
With the PCM-100 and two VCR units, 
direct digital -to-digital dubbing can be 
performed with no signal degradation. 
Dynamic range of the PCM-100 is 

claimed to be better than 85 dB, with 
THD of less than 0.03 percent and a 

frequency response of less than plus or 
minus a half a dB from d.c. to 20 kHz. 
Here again no price information on 
this unit, but considering the ravages 
of inflation, it is unlikely to be less 

than the $4,000 tab for the PCM-1. 
At the JVC demo room, they too had 

an updated PCM unit, this one using 
14 -bit linear encoding. It is claimed 
that the new PCM processor can han- 
dle either Beta or their own VHS for- 



mat. JVC played a flamenco PCM re- 
cording through their new Super A 
amplifiers and some prototype Zero -9 
speaker units which have new Dy- 
naflat ribbon tweeters with a claimed 
response to 50 kHz and high power - 
handling capabilities. The sound was 
exceptionally clean with fine imaging, 
and the high energy transients of the 
flamenco foot -stomping were very 
sharp, with impressive impact. 

Dr. Tom Stockham's Soundstream 
digital recording service is kept very 
busy these days (as reported in my last 
column), and he was demonstrating a 

wide variety of recordings through the 
new Infinity Reference 4.5 speakers, 
bi -amplified with the Infinity solid- 
state/tube hybrid amplifiers. While 
the analog LP record, which is the end 
product of the Soundstream digital 
mastering system, produces some im- 
pressive sounds, there simply is no 
contest when you hear the sound of 
the digital master itself through such a 

high -quality system. There is no ques- 
tion in my mind that digital recording 
will only make its full impact on the 
audiophile market felt when it is avail- 
able in true digital format, either in 
prerecorded digital video -cassette 
tapes or on laser, VISC or capacitance - 
type digital discs. 

While Ampex didn't turn up with 
their digital recorder, they did have an 
interesting new product based on digi- 
tal technology. This was the ADD -1 
Audio Digital Delay for disc mastering 
preview. Ampex was promoting this 
unit as part of what they termed "The 
Ampex Mastering System," which con- 
sists of an Ampex ATR-100 recorder 
equipped with their new two -channel 
head for half -inch tape,Ampex Grand 
Master tape that is, and the ADD -1 di- 
gital preview unit. I've had one of 
these new heads for some months 
now, and the increase in signal-to- 
noise ratio and higher head room 
makes a significant improvement in 
stereo recording. For the engineer, 
who is doing "purist" type simple 
mike setups for classical recording, this 
two -channel, half -inch approach is the 
way to go! As I am sure you know, 
when cutting a record, the dynamics 
of the recording are "previewed" by a 

magnetic head spaced a certain dis- 
tance before the program playback 
head, with the time span dependent 
on the requirements of a particular 
model of the cutting lathe. The pre- 
view signal is fed into the computer 
system of the lathe, and from this sig- 
nal the pitch and depth of the grooves 
is automatically controlled, before the 
program signal reaches the cutting 
amplifier. Typical delay is 1 to 1.3 sec- 
onds, with the information from the 

AUDIO August 1979 

preview head continuously updating 
the computer. With the Ampex ADD - 
1, the preview head is eliminated, and 
instead, digital delay feeds the dynam- 
ic information to the lathe computer 
before the arrival of the program sig- 
nal. The ADD -1 offers preset pushbut- 
ton selection of delay times up to 5.12 
seconds and variable delays in 5-mS 
increments up to the 5.12 maximum. 
The ADD -1 is a 16 -bit system with 
sampling rate up to 50 kHz for a full 
20 -kHz bandwidth. An optional 100 - 
kHz sampling rate is available for ultra 
wide -band recording, with a maximum 
delay of 2.56 seconds at this rate. The 
unit allows up to 30-ips mastering 
speed, can be used for half -speed 
mastering, and, of course, since there 
is no preview head, the wow -and - 
flutter performance of the tape play- 
back machine is not degraded. The 
system has a dynamic range of 90 dB, 
which obviously will handle digital 
inputs. A most fascinating feature is 

that it can be used (on the actual re- 
cording session, of course) to preview 
direct -disc recordings and presumably 
permit more time to be recorded on a 

side. Ampex claims that with the com- 
bination of the ATR-100 and the two - 
channel, half -inch head, plus the 
Grand Master tape and the ADD -1 

delay, an 80 -dB signal-to-noise ratio 
can be delivered to the cutting ampli- 
fier. The Ampex ADD -1 digital delay 
unit with 1.3 seconds of delay costs 
$14,500, with additional increments of 
delay available in optional modules at 
extra cost. 

Before we leave the digital arena, I 

should mention that at the conven- 
tion, news came of the digital recorder 
developed by the Central Research 
Laboratory of EMI in England. Unlike 
the helical -scan system of Decca, they 
apparently use a fixed -head open -reel 
unit at a speed of 30 ips in yet another 
new digital format. No information as 

to sampling rate, but one presumes it 
will in the 50 -kHz area in a 16 -bit sys- 
tem. Reportedly, EMI released a 12 -in. 
single of a jazz/fusion band ..." Mor- 
rissey/Mullen" cut from their digital 
master. They are also said to be contin- 
uing developmental work on their 
editing system. 

That is just about the extent of digi- 
tal news from the 63rd AES Conven- 
tion. Meanwhile, back at the analog 
ranch ... there was the usual prolifera- 
tion of new audio gear, and I will re- 
port on some of these items next 
month, as well as bring you a review 
on the Calrec "sound field" micro- 
phone and ambiphonic "surround 
sound," which was finally demonstrat- 
ed in this country and deserves special 
mention. Q 

fact: 
it's easy to upgrade 
your M95 cartridge 
and gain dramatic 
freedom from 
distortion 
One of the critically acclaimed 
advances introduced in Shure's 
incomparable V15 Type IV phono 
cartridge is its revolutionary 
and unique distortion -reducing 
Hyperelliptical diamond stylus. 

The Hyperelliptical stylus con- 
tacts the groove in a "footprint" 
that is narrower than both the 
Biradial (Elliptical) and the long - 
contact shapes such as the 
Hyperbolic. The performance 
features of this new tip geom- 
etry are now available to owners 
of M95ED or M95G cartridges 
by simply upgrading either with 
a Model N95HE Hyperelliptical 
stylus. 

You'll find the cost extraordinarily 
low-but the difference in sound 
will be immediately apparent. 
The new stylus takes only sec- 
onds to install with a simple, 
no -tools procedure. 

The Hyperelliptical stylus is 
also available in a brand new, 
ultra -flat frequency response, 
high trackability cartridge: the 
M95HE. Write for free brochure 
(AL600). 

N95HE 
Improvement Stylus 

S L) e 

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

MANUFACTURERS OF 
HIGH FIDELITY COMPONENTS, 

MICROPHONES, SOUND SYSTEMS AND 
RELATED CIRCUITRY. 
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UICK- 
(ilL 

Build A 
Speaker 

Impedance 
Checker 

M.J. Salvati 

Often an audiophile buys a quality 
speaker system together with a quality 
receiver or amplifier and runs into 
trouble. He finds that the sound cuts 
in and out or stops entirely, even at 
moderate sound levels, due to the op- 
eration of the amplifier's protective 
circuitry. When asked, the speaker 
manufacturer claims the amplifier is 

defective and the amplifier manufac- 
turer claims the speakers are defective. 
In truth, both components may be 
performing up to spec, but the cause 
of the trouble is that the two are 
incompatible. A number of modern 
amplifiers have elaborate protection 
circuitry which mutes the amplifier if 
the load impedance drops below two 
or three ohms. Unfortunately, speaker 
impedance ratings are merely nominal 
values, and the actual impedances 
vary greatly with frequency. At some 
frequencies, impedances drop far be- 
low the nominal rating. The result is 

that speakers nominally rated at four 
ohms will cause such an amplifier to 
mute when the program material has 
significant power at a frequency where 
the speaker impedance dips, even 
though the total sound power is at a 

moderate level. 

The simple device shown allows you 
to quickly check a speaker's im- 
pedance vs. frequency characteristics, 
using just your power amplifier, an au- 
dio oscillator, and an a.c. voltmeter. 
Figure 1 shows how. The device is just 
a box fitted with connectors and con- 
taining a 150 -ohm, 4 -watt resistor. This 
high -value resistor converts your 
transistor power amplifier into an a.c. 

constant -current source. The a.c. volt- 
age appearing across the speaker ter- 
minal is therefore proportional to 
speaker impedance. By setting the os- 
cillator and amplifier level controls for 
15.8 V a.c. output from the power 
amplifier, the resulting output current 
results in speaker voltage at the rate of 

0.1 volt per ohm. This relationship is 

most accurate when the speaker im- 
pedance is around 8 ohms, and it is 

accurate enough (±5 percent error) 
over an impedance range of 0-16 ohms 
for this check. 

Construction 
The 150 -ohm resistor must be non - 

inductive and rated at least 3 watts. 
This rules out readily available 
wirewound power resistors and any 
single carbon -composition resistor. 
Instead, buy two 300 -ohm, 2 -watt, 5 

percent tolerance carbon -composition 
resistors. These are more readily avail- 
able than the more exotic types suit- 
able for this application. If even these 



are hard to find, you can purchase five 
750 -ohm, 1 -watt or ten 1500 -ohm, '- 
watt resistors, also of 5 percent toler- 
ance. Either way, connect the resistors 
in parallel to produce a 150 -ohm, 5 

percent tolerance non -inductive resis- 
tor rated at least 4 watts. 

If you are the "informal" type, the 
test setup of Fig. 1 can be assembled 
with clip leads. If you like things 
"neat," mount the resistor in a box fit- 
ted with 5 -way binding posts, as I did. 

Use 
Oscillators most suitable for this 

procedure have a constant sinewave 
output -level vs. frequency characteris- 
tic and continuously variable frequen- 
cy control. A lab -grade sinewave oscil- 
lator, like the Krohn -Hite 4200 or any 
decent function generator, is ideal. 
However, a service -grade audio oscil- 
lator equipped with an output voltme- 
ter, such as the Heath SG -5218 or Eico 
378, will also work well at the cost of 
some speed and convenience. 

The audio amplifier's power rating 
must be at least 30 watts rms into an 
8 -ohm load. For maximum conven- 
ience, the amplifier must be capable of 
being set for a flat frequency response 
from 200 Hz -20 kHz. This is possible 
with quality amplifiers by simply set- 
ting the tone controls to "neutral" or 
"off" and setting the loudness and 
high- and low -filter switches to "off." 

To measure speaker impedance, 
proceed as follows: 
1. Connect the checker between the 

amplifier and the speaker being 
checked. 

2. Connect an a.c. voltmeter across 
the AMPL terminals, and adjust the 
oscillator and amplifier level con- 
trols for 15.8 V a.c. at 200 Hz. 

3. Transfer the a.c. voltmeter to the 
SPKR terminals. Record the voltage 
measured here. 

4. Slowly vary the oscillator frequency 
in suitable increments from 200 Hz 
to 20 kHz, recording the voltmeter 
reading (at the SPKR terminals) at 
each frequency. If your oscillator 
and power amplifier are not per- 
fectly flat, you must check and reset 
the input voltage at each frequency. 

5. Plot the results of your impedance 
vs. frequency measurements on 
semilog graph paper, as I did in Fig. 
2. Wherever you find a dip in the 
curve, make additional measure- 
ments at frequencies in that range 
to pinpoint the frequency of lowest 
impedance and severity of the dip. 

Analyzing The Results 
The effect of a big dip below the 

nominal impedance value depends on 
several things: Speaker efficiency, the 

power output characteristics of your 
power amplifier, and the amplifier's 
method of connecting multiple speak- 
ers. If you have high -efficiency speak- 
ers or like soft music, you are unlikely 
to run into trouble. If the speakers in- 
volved are low efficiency and you real- 
ly try to "use" all those watts you paid 
for, you should pay particular atten- 
tion to the following general precau- 
tions regarding amplifier/speaker 

2. If the amplifier has a respectable 
4 -ohm power rating, simultaneous 
parallel operation of two pairs of 4 - 
ohm speakers might be a problem. If 
the impedance curves dip greatly (3 
ohms or so) at some frequencies, this 
means the amplifier is burdened with 
a 11/2 -ohm load impedance at those 
frequencies! As above, simultaneous 
operation of series -connected 4 -ohm 
speakers is fine. 

OSCILLATOR 

POWER 
AMP 

AUX 

Fig. 1 - Test set-up. 

Fig. 2 - Impedance vs. frequency plot 
for a typical speaker. 

24 

22 

20 

18 

16 

14 

12 

10 

e 

6 

4 

2 

Ison 

AC 
VM 

SPEAKER 
UNDER 
TEST 

I I 
r I I I I I 

I 

1 I I I I 

MEASUREMENT RANGE 

I 11111 

- RESONANCE j j / JJ 

_ 

, 

/ 

' -. 

I 
, 

i 

- 

i 

/ 

i' 

' 
- 

i 

1 

- 
/ 

. ' - 
....,/ 

I 

-t \. - 

,,..,/'. 

_i_1 111111 1 I 1 1 1 1 1 1 1 I 1 1 1 1 

20 100 IK 

FREQUENCY- Hz 

10K 20K 

combinations. Note, however, that 
modern equipment is so diverse that 
many exceptions do exist. 

1. If the amplifier has an 8 -ohm 
power rating, but no 4 -ohm rating, it 
usually means its 4 -ohm power capa- 
bility is less than the 8 -ohm rating. 
This means that 4 -ohm speakers 
should not be used, not even a single 
pair. Parallel simultaneous (A & B) op- 
eration of two pairs of 8 -ohm speakers 
(main and remote) is similarly not rec- 
ommended; doing this with 4 -ohm 
speakers is out of the question. How- 
ever, simultaneous operation of two 
identical pairs of 4- or 8 -ohm speakers 
is perfectly OK if the amplifier uses a 
series connection to do this. 

3. If two (or more) sets of 4 -ohm 
speakers are to be simultaneously driv- 
en, use an amplifier specifically de- 
signed for driving very low impedance 
loads. These are usually separate com- 
ponent power amplifiers whose out- 
put stage consists of banks of parallel - 
connected output transistors. 

4. An amplifier having electronic 
overcurrent sensing and/or load im- 
pedance sensing is generally less suit- 
able for driving low -impedance loads 
than is a similarly rated amplifier with- 
out this type of protection circuity. 
The exceptions are sophisticated cir- 
cuits, like the one in the Crown M600, 
which allow higher current levels for 
low -impedance loads. ul 
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Introducing 
the first line of decks that are. 

25-18,000 Hz± 3dB at-20VU with 
metal tape, 70dB signal-to-noise ratio. 
6dB hotter output than ferrichrome. 

The reason we can offer you SIX 
metal tape -compatible decks with specs 
like these, is all in our heads. Sen -Alloy 
heads. With better high 
frequency characteristics 
than the Sen -Dust most 
of our competitors use, 
Sen -Alloy just happens 
to record and erase metal 
tape perfectly. 

So while our competi- 
tors have had to struggle 
with little problems like 
designing heads that 
could handle metal tape, 
we've had a head start 
towards packing our metal decks with 
more state-of-the-art features. 

Our new "X -cut" Sen -Alloy record 
head extends bass response to lower 
than your woofers may go: 25Hz! 

Our unique double -gap Sen -Alloy 
erase head gets 60dB erasure on metal 
tape at the critical 400 Hz level. 

Our B.E.S.T. computer automatically 
finetunes deck bias, equalization and 

sensitivity to tape 
in less than 30 seconds. 

Spectra -Peak and Multi -Peak L.E.D. 
indicators react 100 times faster than 
meters so you can make perfect, un- 
distorted recordings. 

How much does it 
cost to replace the weak 
link in your system with 
a JVC metal deck? 

As little as $299, and 
no more than $750, 
suggested retail price. 

After all, now that 
your ears are ready for 
metal tape, your pocket- 
book ought to be too. 

For the name of your 
nearest JVC dealer, call 

800-221-7502 toll -free (in NY State 
call 212-476-8300). Or write to US 
JVC Corp., 58-75 Queens Midtown 
Expressway, Maspeth, NY 11378. 

Shown: KD -A8. 2hd. 2mot. MPI LE.D.'s. B.E.S.T.. X -cut SA rec/play head. SA erase 
head. solenoid controls, Super-ANRS. Freq. resp., 25-17K': S/N, 60áB"': w&f. 
0.35%. KD -A5. 2hd. 2mot, MPI LE.D.'s, SA rec. erase hds. sol cont., Super-ANRS. 
freq. resp. 30-16K': S/N. -60d13"': w&f 0.04%. KD -A6 2hd, 2mot, X -cut SA Rec/ 
play & SA erase hds 2 " 10. MPI LE.D.'s: Super-ANRS. pitch cont. 25-17K' freq. resp.: 
S/N, -60dßs". w&f 0.04%. Not Shown: KD -77. 3 SA hds. 2mot. sol contr. Super- 
ANRS: KD -A7. 2hd. 2mot, X -cut SA rec/play & SA erase hds. sol cont.. 2clr fluores. 
10 -bank SpectroPeak mtrs.. Super-ANRS: KD -A3, 2hd. 2mot. MPI LE.D.'s. SA rec. 
erase hds. Super-ANRS. 

`± 3dB @-20VU. "Without noise reduction, (ANRS adds 10dB @5kHz) 

JVC 
US JVC CORP 

Now you're ready for JVC. 
Enter No. 16 on Reader Service Card 





The work of Thiele' and Small in re- 
cent years has changed the procedure 
by which loudspeaker systems are 
designed. They did not extend the in- 
herent limits of performance of low - 
frequency loudspeakers, but they did 
define those limits. They quantified 
the interrelationships among cabinet 
size, system efficiency, and low -fre- 
quency response range, and they de- 
veloped systematic synthesis tech- 
niques which enormously simplified 
design procedure. 

It is certainly true that this has re- 
sulted in an improvement in the aver- 
age quality of loudspeaker systems, 
because it is now easier for manufac- 
turers to optimize their designs. 
Indeed, several manufacturers empha- 
size in advertisements that their prod- 
ucts have been designed by computers 
programmed with the Thiele/Small 
synthesis formulas. 

Unfortunately, consumers can enjoy 
the benefits of this improvement 
only to a very limited degree. It is 

traditional to design loudspeakers 
for flat frequency response in an 
anechoic test chamber. The 
Thiele/Small design formulas as- 
sume that kind of reflection -free 
environment. But people do not 
use loudspeakers in anechoic 
chambers; they use them in do- 
mestic living rooms. Normal 
rooms react on loudspeakers in 
the bass range, and this can 
change their power output signifi- 
cantly. 

We can understand why this is 

so if we look at the formula for 
reference sound pressure from a 

loudspeaker at low frequencies. 
This is derived by Beranek [1] as 

follows: = 

e881 (1) 

50(R, + RE) í/R,12 + [wMA-(1/wCn)J2 
where I U, = volume velocity of 
diaphragm; e8= open -circuit am- 
plifier voltage; B= magnetic flux 
density in air gap; I = length of 
voice -coil wire in air gap; So = 
area of the diaphragm; R8= out- 
put impedance (resistive compo- 
nent) of the amplifier; RE= voice - 
coil wire resistance; RA = sum of 
electrical, mechanical, and acous- 

small relative to w2MA2 (1) can be sim- 
plified to 

egBI 
U,l c- 

(R8 + RE)WMASD 
and this is called the reference vo- 
lume velocity. 

Also, a loudspeaker system in this 
frequency region is a small source, that 
is, its radiation is essentially omni- 
directional. For such a source the 
sound pressure is related to the vol- 
ume velocity by 

PI ' fP2 Uri, (3) 

where I pl = sound pressure at a dis- 
tance r from the loudspeaker, f= fre- 
quency in Hertz, and pc, = density of 
air. If we combine (2) and (3), we ob- 
tain the formula for reference sound 
pressure: 

(2) 

I Pk = eBBlpo 
( R8 + RE) M,,4rrrS0 

(4) 

Influence 
of 

Listening 
Rooms 

On 
Loudspeaker 

Systems 

Roy F. Allison 
President, 

Allison Acoustics, Inc. 
Natick, Mass. 01760 

tic resistive elements; w = 2rr f 
radian frequency; MA = sum of the 
acoustic masses, including diaphragm 
and voice coil, and CA= total acoustic 
compliance of suspension and box. All 
elements are transformed to acoustic 
impedances and expressed in mks 
units. 

Above the resonance frequency but 
within the piston band, and on the 
reasonable assumption that RA2 is 

Most of the terms in this formula do 
not change with the loudspeaker 
system's environment, but two of 
them do change. One is the numerical 
factor, 4n, in the denominator. This 
denotes the solid angle (the three-di- 
mensional space) into which the 
woofer radiates sound energy. The sol- 
id angle is measured in steradians; 4n 
steradians represents full space, which 

is the radiation angle that would be 
seen by the woofer if the system were 
suspended in mid-air high above the 
ground. Because low -frequency sound 
is radiated omnidirectionally, the 
woofer in such an environment would 
propagate sound equally in all direc- 
tions and the sound energy would 
continue outward without encounter- 
ing any nearby reflecting boundaries. 
An anechoic chamber simulates such 
an environment. 

Now if the loudspeaker system were 
to be mounted in the middle of a very 
large wall, so that the woofer dia- 
phragm were flush with the surface of 
this boundary, the radiation angle 
would be halved. The woofer would 
be operating in a half -space environ- 
ment, a solid angle of 2rr steradians. 
The radiation formula tells us that the 
reference sound pressure will be dou- 
bled, and experiment shows this to be 
true. We do find a 6 -dB increase. An 

increase of 3 dB is obtained be- 
cause we have confined all the ra- 
diated power to half the space it 
occupied before. This 3 dB is of no 
importance because it involves no 
change in power output. But a 

second increase of 3 dB is the re- 
sult of an actual doubling of pow- 
er radiated by the woofer. It is 

twice as efficient in 2rr space as it 37 
is in 4n space. 

Let us further suppose that we 
are able to position the woofer at 
the intersection of two mutually 
perpendicular walls. Again the ra- 
diation angle is halved, this time 
to IT steradians; again the power 
output of the woofer is doubled. 
Still another reduction in radia- 
tion angle, to rr/2 steradians, is of- 
ten found in real living rooms 
when a loudspeaker system is 

placed in a corner with the woofer 
close to the floor. Its power out- 
put is increased another 3 dB at 
low frequencies, for a total in- 
crease of 9 dB above the power 
radiated into full space. 

It should be emphasized that 
these theoretical increases in radi- 
ated power with decreasing radia- 
tion angle are obtained only 
when the driver is close to the 
boundaries. In an acoustical 
sense, drivers are never "close" to 

room surfaces at frequencies above 
500 Hz or so. Therefore, real rooms - 
by changing a loudspeaker system's 
power output in one frequency region 
only, in an amount determined by 
where the user places the cabinet in 
the room - completely alter the origi- 
nal balance of the system as it was in 
the anechoic chamber. And because 
such room effects cannot be avoided, 
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it follows that loudspeaker systems de- 
signed for flat response in. anechoic 
chambers cannot produce a flat power 
response in real rooms. 

We have said that a driver must be 

close to a room boundary in order to 
be affected by it. A discussion of what 
"close" means brings us to the other 

term in our formula which changes 
when the loudspeaker system is 

brought out of the anechoic chamber 
and into the listening room. That term 
is'p0, the air density. 

Of course, the average density varies 
only in accordance with changes in 

barometric pressure. But instantane- 

Figs. 1-3 - Power output of small acoustic source close to 
one, two, and three boundaries relative to power output in 47r 

space. 
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ous density is proportional to instan- 
taneous pressure, and sound itself is 

the result of variations in air pressure 
which occur at an audible rate. In the 
anechoic chamber, a loudspeaker driv- 
er creates audio -frequency changes in 
pressure which travel to the chamber 
walls and are absorbed there. In a liv- 
ing room, conversely., sound energy 
reaching the walls is reflected back to 
the driver where it either adds to or 
subtracts from the instantaneous pres- 

sure on the driver diaphragm, depend- 
ing on the phase relationships. If a 

boundary is "close," the reflected 
pressure is strong enough to change 
the instantaneous pressure at the dia- 
phragm surface significantly and to in- 
crease or decrease the acoustic power 
radiated. 

Closeness of a driver to a boundary 
is.dependent not on the absolute dis- 
tance between them, but upon the 
distance in units of wave length. 
Therefore, a driver may be acoustically 
close to a boundary at low frequen- 
cies, for which sound waves are long, 
and not close at higher frequencies 
which have shorter wave lengths. 

This relationship is quantified in 
Figs. 1 through 3. The power output of 
a direct -radiator driver in its nondirec- 
tive frequency range is shown (relative 
to its output in an anechoic chamber) 
when it is put near a single boundary 
(Fig. 1); when it is equidistant from 
two boundaries intersecting at a right 
angle (Fig. 2), and when it is equidis- 
tant from three mutually perpendicu- 
lar boundaries (Fig. 3). In each case the 
horizontal scale is in fractional parts of 
a wave length. 

We can learn much from a careful 
examination of these curves. For exam- 
ple, it is obvious that the augmenta- 
tions of power output predicted for re- 
ductions in radiation angle (+3, +6, 
and +9 dB for 2n, Tr, and rr /2 steradi- 
ans, respectively) are obtained only 
when the woofer is placed a small 
fraction of a wave length from the 
boundaries. At a distance of 1/10 wave 
length, the three -boundary augmenta- 
tion has already decreased from 9 dB 
to 7 dB. A typical distance of the 
woofer from the three nearest walls in 
a real living room might be 50 cm, and 
50 cm is 1/10 wave length at 69 Hz. At 
higher frequencies, the augmentation 
decreases rapidly, because 50 cm be- 
comes a larger fraction of a wave 
length as frequency increases. 

Eventually, as we continue to in- 
crease the frequency of the sound sig- 
nal, the reflected pressure from the 
nearby walls no longer arrives back at 
the woofer diaphragm in phase with 
the driving signal, and at that frequen- 
cy or above it the driver is no more 
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Inside, most speakers look pretty much 
the same. Drivers, baffle board and enclo- 
sure. Which is why some manufacturers 
make so much noise when they come up with 
anything new. 

But in the midst of all the uproar, 
Kenwood's engineers have quietly devel- 
oped five important design improvements 
you won't find anywhere else. 

1. Separate front baffles. We mounted 
the mid and high frequency drivers on a sep- 
arate baffle board. That keeps the woofer's 
vibrations from interfering with the mid and 
high frequencies. So you can get solid bass 
without losing any of the vocals. 

2. Cross -over coil positioning. We 
found that two coils next to each other on a 

crossover network can cause signal leakage 
from the midrange to the woofer. By isolating 

the coils away from each other, we eliminated 
cross -talk and muddy midrange. 

3. Thermal/shock cone constrution. 
We manufacture cur own wood -pulp cones 
by applying our exclusive heat/shock treat- 
ment. This creates a cone that is more rigid 
than the usual pressed type for low dis- 
tortion, yet light enough to deliver much 
better efficiency. 

4. Midrange stabilizer. To get the nasal 
sound out of the midrange frequencies, 
where most of the music is, we introduced a 

center support system and a 3 -point cone 
suspension. To you That means clear sound 
imaging and better transient response. 

5. Power linearly. The frequency re- 
sponse of most speakers deteriorates at high 
power levels. By using a computer, we de- 
signed the LS -1200 to deliver the same linear 

frequency response throughout its power 
handling range. From solo flute to full 
orchestra. 

Listen to the LS -1200 at your Kellwood 
dealer and discover that, even at low listen- 
ing levels, you get exceptional depth, clarity 
and fidelity. At high volume, it delivers the 
kind of tonal quality you normally expect 
from a live performance with a clean, punchy 
bass and clear, open highs. 

That's one more reason the LS -1200 is 
simply too good to keep quiet. 

Your speaker's reputation should 
be as good as your receiver's. 

i KENWOO12 
For the Kenwood dealer nearest you, see your Yellow Pages, 
or write Kenwood, P.O. Box 6213, Carson, CA 90749. 
In Canada. Magnasonic Canada, Ltd. 

Speaker design takes five steps forward. 
Quietly. 
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Fig. 4 - Output of a typical high -quality loudspeaker system 
in anechoic test chamber (dashed line), and power output of 
same system with woofer 50 cm from three mutually perpen- 
dicular room surfaces ( solid line). 
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Fig. 5 - Power output of same system as Fig. 4, but with 
woofer located 20 cm above floor, 51 cm from one wall, and 
122 cm from other nearest wall. 

efficient than it is in full 4Tr steradian 
space. This limiting frequency is that 
for which the distance to the walls is 

1/4 to 1/5 wave length, depending on 
the number of boundaries involved. In 
our hypothetical example, with a 

woofer located 50 cm from each sur- 
face in a three -boundary intersection, 

40 that frequency is approximately 140 
Hz. 

At still higher frequencies (200 Hz in 
our example) the woofer is about 3/10 
wave length from the walls. Then the 
reflected pressure is in opposite phase 
with the motion of the diaphragm. As 
the woofer attempts to create a com- 
pression, the reflections cause a rare- 
faction, and vice versa. The woofer be- 
lieves that it is working in a partial vac- 
uum; its power output is correspond- 
ingly reduced. But the amount of 
power reduction is not in neat align- 
ment with the number of reflecting 
boundaries. As Fig. 1 shows, an out -of - 
phase reflection from one boundary 
has a minimal effect, with only 1 -dB 
reduction at the worst frequency. 
Equidistant reflections from two 
boundaries are considerably more 
effective, causing a 3 -dB drop below 
full -space output in the critical fre- 
quency band. But reflections from 
three equidistant boundaries cause a 

deep reduction, more than 11 dB, be- 
low reference level. The total variation 
(including the 9 -dB boost at very low 
frequencies) is about 20 dB from a 

speaker system that measured flat in 
an anechoic chamber! Figure 4 shows 
the power output vs. frequency for 
such a system, assuming a system reso- 
nance frequency of 50 Hz with a Q of 
1 and 50 -cm distance to each of three 
room surfaces. 

The curves also show that, beyond 
5/10 wave length distance, the bound- 
aries have insignificant effect on 
loudspeaker performance. In our 
example, a 50 -cm distance is 5/10 
wave length at 345 Hz. 

Figures 1 through 3 make it apparent 
that the effect of multiple out -of - 
phase reflections is more than simply 
additive. It follows that one should at- 
tempt to place the woofer of a con- 
ventional speaker system so that its 
distances to nearby room surfaces are 
as different as possible, and thereby 
place the out -of -phase reflections at 
widely different frequencies. When 
this can be done, it is very helpful in 
smoothing the system's low -frequency 
output. Power output vs. frequency is 

shown in Fig. 5 for our reference sys- 
tem when the woofer is placed 20 cm 
above the floor, 51 cm from one wall, 
and 122 cm from the other nearest 
wall. 

Another way to deal with the effects 
of room boundaries is to place the 
woofer far away from them all. If there 
is at least 1.25 meters from the woofer 
to the nearest room boundary, all the 
major effects of the boundaries will 
occur well below 100 Hz, where they 
will be less audible than they are nor- 
mally. Of course, this would not be 
convenient in most living rooms. 

Both of these stratagems are defen- 
sive maneuvers. They limit the damage 
but do not prevent it entirely. A frontal 
attack is preferable in this case. It con- 
sists of designing loudspeaker systems 
to work in conjunction with the room 
boundaries, taking full advantage of 
their ability to increase efficiency at 
low frequencies and also avoiding the 
out -of -phase reflection problem alto- 

gether. These are serveral ways in 
which this plan can be implemented, 
but all have these steps in common: 

1. Decide whether the system is to 
be used in .proximity with one, two, or 
three mutually perpendicular room 
surfaces. The balance must be set dif- 
ferently for each kind of system 
because, as we have seen, the woofer's 
efficiency changes with its radiation 
angle. 

2. Design the cabinet to locate the 
woofer ( or woofers) as close as possi- 
ble to the room surfaces. 

3. Set the crossover frequency so 
that the operating range of the woofer 
is limited to well below the "notch" 
frequency. Then the reflected pressure 
will always be in phase with, and will 
reinforce, the direct output of the 
woofer. The woofer's power output 
can then be flat. Note that in practice 
this requires a three-way or four-way 
loudspeaker system, because even 
with placement of the woofers very 
close to the boundaries a low cross- 
over frequency (400 Hz or lower) must 
be used. 

4. Finally, locate the mid -range driv- 
er in the cabinet far enough away from 
the boundary intersection so that it is 

at least one-half wave length distant at 
the crossover frequency and above. 
Then the output of the mid -range 
driver (and of the tweeter) can be 
made flat and unaffected by the room 
surfaces. 

Some loudspeaker systems designed 
in accordance with these principles are 
now available. I feel certain that others 
will soon follow. ¡J 

Reference 
1. L. L. Beranek, Acoustics (McGraw-Hill, New 
York, 1954), chapter 8. 

AUDIO August 1979 



FOLLYAIITOMATIC DIRECT DRIVE TIRNTAILE 
THE LUX ANSWER TO THE QUALITY VS. CONVENIENCE QUESTION. 

Until the Lux PD -277, music loyers seeking a quality, noise - 
free, wow -less turntable and a precision -tracking, low -mass 
tonearm had little choice. They assembled their own, perhaps 
using one manufacturer's turntable and another's tonearm. 
Satisfactory performance came only after hours of fiddling with 
assembly and adjustment. 

Of course, the resulting playe- lacked an automatic tonearm 
lift, set -down or return. The stylus had to be manually-and very 
carefully-placed in the lead-in groove. And at the end of every 
disc, there was a mad rush to lift the arm as it ground its way 
round and round the run -out groove. But these inconveniences 
were the price many audiophiles were willing to pay for the 
quality they sought. 

Lux's audio engineers appreciated the problem and created 
the solufion: the second -generation fully automatic, direct -drive 
turntable. 

Incorporating the latest in sophisticated direct -drive design, 
the PD -277's DC servo -controlled brushless and slotness motor 
provides a 0.03 percent wow and flutter specification and signal- 
to-noise of 60 dB. A novel high -density mat with contours and 
materials specifically designed to damp spurious platter and 

record vibrations is integral ao the die-cast aluminum platter- 
not simply resting on it. 

Similar attention is given to electromechanical detail in the 
Lux straight-line tonearm. Achieving the lowest practical mass 
by use of a stripped -down integrated headshell, this 240mm 
tonearm will accept and bring out the best from any of today's 
fine phono cartridges. Other critical mechanical problems, such 
as resonance and tracking instability, are solved by the arm's 
nested -tube design and vertical -pivot construction. 

All essential functions of the PD -277 are electronically 
controlled. For example, a separate motor operates the tonearm, 
instead of conventional noisy, drag -producing mechanical 
arrangement. And the end -of -record lift is triggered by a photo- 
electric sensing system. And, of course, the arm motor com- 
pletely disengages when not in use. 

The Lux attention to detail also includes other necessities- 
and niceties-such as adjustable anti -skating, a ±4 percent 
speed control with stroboscopic readout, an oil -damped manual 
cue system and a hinged, detachable, damped dust cover. 

You can experience Lux's very quiet resolution of the quality 
vrs. convenience question at selected audio dealers. 

LUX AUDIO OF AMERICA, LTD. 
160 Dupont Street, Plainview, NY 11833 

in Canada: Lux Audio of Canada, Ltd.. Ontario 



An Overview Of 

SIP and TIM 
Walter G. Jung, Mark L. Stephens, and Craig C. Todd 

Calculation of Slew Induced 
Distortion 

Thus far, little has been said 
in the literature about how to 
calculate slew induced or tran- 
sient intermodulation distor- 
tion. This is, no doubt, due to 
the complexity of the problem, 
especially handling the fre- 
quency dependence of the am- 
plifier stages and the incorpo- 
ration of feedback. There is, 

however, a straightforward 
technique that can be used to 
find closed -form expressions 
for every possible harmonic or 
intermodulation distortion 
component. The technique in - 

42 volves forming a Volterra series 
to characterize the output as a 

function of some input variable [57]. The coefficients of the 
Volterra series can then be used to find the magnitude and 
phase of all distortion products. This technique has been 
widely used to predict distortion in radio frequency circuits 
with a high degree of accuracy. 

Unfortunately, it takes more time and space to explain the 
technique itself than it does its application to a given prob- 
lem. For this reason, we have not included a full analysis 
within the article and direct the interested reader to the ref- 
erence cited. However, with appropriate assumptions and 
simplifications, many useful features of the Volterra series 
technique can be used to find approximate expressions for 
SID. These are conceptually easier to understand and are 

quite accurate for relatively small distortion conditions. 
Consider a 741 -type operational amplifier, which can be 

broken down into two basic stages, an input trans - 
conductance amplifier and an integrating amplifier. These 
are shown in Fig. 27. The transconductance stage is assumed 
to be the dominant nonlinearity and consists of a symmetri- 
cal saturating -type characteristic which is independent of fre- 
quency. The nonlinear characteristic (formed by a double 
differential pair) is modeled as a current source output Ai, for 
an input differential voltage AV, and can be represented by 

Ai=lK tanh 
AV 

[ 4VT ] (21) 

Part III - Analysis and Design of Amplifiers 
for Minimum SID 

.t.11l__llll- 

Portions of this article are adapted from "Slewing Induced Distortion in 

Audio Amplifiers" by the authors in The Audio Amateur, Feb., 1977 (P.O. Box 

176, Peterborough, N.H. 03458), part of an article series which is available in 

book form. Portions were also adapted from the authors' article "Slewing 
Induced Distortion - Its Effect on Audio Amplifier Performance, with Corre- 
lated Listening Results," Audio Engineering Society Preprint No. 1252 from the 
May, 1977, convention. (See bibliography references nos. 33 and 34.) ©Copy- 

right 1979 by Walter G. Jung, Mark L. Stephens, and Craig C. Todd. 

where VT = KT/q or approxi- 
mately 26 mV at 300° K and IK 

= the bias current of the stage. 
The graph of equation (21) is 

shown in Fig. 28. 

Equation 21 and Fig. 28 differ 
from equation 13 and Fig. 6b in 
our previous example of Part I, 

because the 741 input stage 
has a pair of transistors on each 
side. Equation (21) in its pres- 
ent form will not allow closed - 
form expressions for distortion. 
It must be expressed as a trun- 
cated power series with varia- 
ble AV to complete the calcu- 
lations, and this is shown in 
equation (22). 

3 

tanhx=x -3 +...+.... (22) 

Thus combining (21) and (22) we have 

Ai=Iktanh [-41L] 
e 1 

[(4V) - ( .)33 + .]. (23) 

The first term in the power series is the desired linear com- 
ponent, and the cubic term (and other higher order terms) 
form undesirable distortion products. Distortion will eventu- 
ally be calculated from (23) after making some additional 
necessary assumptions. 

The second stage in the 741, the integrator, is assumed to 
be ideal and has a gain characteristic G(f) which is propor- 
tional to 1/f. This is expressed by 

G (f) = K2/f. (24) 

There is a Tr/2 phase shift in (24) which has been neglected. 
The reason for this will become evident as the calculation 
progresses. 

The constant K2 is determined by the overall gain of the 
composite amplifier, which must be approximately unity at a 

frequency of 1 MHz to make our circuit model represent the 
performance of a real 741 -type op amp. 

The actual gain characteristic of a 741 op amp is summa- 
rized by the Bode plot in Fig. 29. For most audio -frequency 
calculations, it is convenient to neglect the low frequency 
pole at 10 Hz and to assume infinite d.c. gain and a constant, 
gain -bandwidth product. This has a negligible effect on cal- 
culations, since it will be shown that the distortion is deter- 
mined by the available loop gain at high frequencies. 

The open loop gain for this approximation is specified by 

open loop gain = 
V AV = 

106 
(25) 



By combining equations (23), (24) and (25), the constant K2 

can be expressed in more familiar terms. At a frequency of 
1 MHz we have: 

gain of rgain of Vout/AV=1= transconductance 
L stage integrator 

Ik KZ 

1 4VT [106 

K2=4VTx106. 
IK. 

And thus G (f) = 4VT x 106 x 

1K f 

(26) 

(27) 

(28) 

The 741 -type op amp that has been developed thus far is 
now placed in an inverting gain configuration with resistive 
feedback components. The feedback network is assumed to 
be linear and independent of frequency. The circuit used for 
distortion calculations is modeled in Fig. 30. In this circuit, a 
feedback factor ß can be specified as a function of R1 and R2 

ß = R1/(R1+R2). (29) 
Since the closed loop gain G is equal to R2/R1, we have 

- 30 
R1, 1 

ß 
(R1+R2) (1+IGI) 

For inverting gains of 1, 10, and 100 the factor ß is 1/2, 1/11 
and 1/101, respectively. 

Additional assumptions that must be made to simplify cal- 
culations are: 

1) Small distortion conditions exist (<1%). This 
enables a power series expansion of the trans - 
conductance nonlinearity. 

2) The distortion consists of only odd -order 
products because of symmetry, and, because of 
1), the distortion is dominated by third -order 
terms. 

3) The distortion is reduced by the magnitude 
of the factor (1 + loop gain), at the frequency of 
the distortion product. It is further assumed that 
loop gain is much greater than 1, so that distor- 
tion is reduced by approximately the magnitude 
of the loop gain. Any phase shift in the loop gain 
can therefore be neglected. 

A harmonic distortion analysis will be developed here to 
compare with measured data, although an intermodulation 
analysis could also have been pursued. The final result will 
solve for harmonic distortion (which is dominated by the 
third harmonic) as a function of output voltage level, fre- 
quency, and feedback factor (or closed loop gain). 

The following method will be used to solve for harmonic 
distortion. First, an output level Vo and frequency f will be 
specified. Then using (25), AV will be calculated and used in 
(23) to find open -loop distortion. Finally the loop gain will 
be computed and used to predict the closed -loop distortion. 

For a sinusoidal output voltage of Vo cos 2rrft, we can com- 
pute AV from (25) 

AV 
[Vo cos (2rrf)t] - 

(106/f) (31) 

If this AV is substituted into (23) and simplified, the resulting 
equation will show an open -loop distortion ratio of: 

AV 2 
magnitude of 3rd harmonic 4VT ) 
magnitude of fundamental - 12 

Distortion 
1/12 

4VVo 

f 2 
(open loop) Tx106/ 
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Fig. 27 - Two -stage model of an op amp. 
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Fig. 28 - Transfer characteristics of a 
transconductance amplifier. 
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Fig. 29 - Gain -frequency characteristics 
for a 741 op amp. 
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Fig. 30 - Model amplifier with feedback applied. 
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The open -loop distortion is reduced by the loop gain at 
the third harmonic frequency, 3f, and by the integrator fre- 
quency response which attenuates the third harmonic by a 

factor of 3. The loop gain at frequency 3f is 

loop gain = 

lo o 

10 

001 
00 IK 10K 

FREQUENCY, Mx 

Fig. 31 - Calculated and measured distortion vs. 

(iK 4VTx106 x ß =10 ß. 
4V, ) x ( IK 3f ) 3f 

V. 20Vpp 

741 

GAIN -10 

O CALCULATED 

O MEASURED 

MEASUREMENT 
RESIDUAL 

frequency for a 741 at a gain of -1. 

o 

loo 

IO 
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IOO 
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741 

GAIN I 
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MEASUREMENT 
RESIDUAL 

IOOK 

Fig. 32 - Calculated and measured distortion vs. 

frequency for a 741 at a gain of -10. 

(33) 

Therefore the closed loop distortion is 

distortion distortion (open loop) 
(closed loop) loop gain 

1 Vof 2 

1 12 \4VT x 106/ 
3 

(,10bß 
3f 

(34) 

Vo2f3 - 
Vo2f3 (35) THD(3rd) = 

12(4V7)2ß x 1018 1.29 x 1017ß 
35 

Equation (35) shows that harmonic distortion should vary 
directly with the cube of the input frequency, directly with 
the square of output voltage, and inversely with the feed- 
back factor, ß. In order to test the accuracy of this equation, 
calculated data for distortion was compared directly with 
measured THD data from a 741 amplifier. Figures 31, 32 and 
33 compare calculated and measured distortion for a con- 
stant -amplitude, swept -frequency test condition for three 
values of feedback factor, ß. Figure 34 compares calculated 
and measured distortion for a constant -frequency, swept - 
amplitude test condition, also for three values of feedback 
factor. The agreement is generally good and is excellent for 
the swept frequency tests. At lower distortion levels, the 
agreement deteriorates due to the noise floor of the distor- 
tion analyzer. 

At higher distortion levels, the agreement deteriorates due 
to large distortion conditions, that is, the fundamental as- 

sumptions in developing the calculation are violated. The 
anomalous behavior of the G = 100 test results is due to the 
loop gain falling below unity at 10 kHz, which also violates a 

basic assumption of the calculation. Figure 34 indicates an 

additional crossover type of distortion that dominates at low 
signal levels and masks the true distortion characteristics. It 
should be clear from all the figures that increasing feedback 
reduces distortion. 
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Fig. 33 - Calculated and measured distortion vs. 
frequency for a 741 at a gain of -100. 



Equation (35) was developed specifically for the 741 op amp, 
which has a unity gain frequency (fT) equal to approximately 
1 MHz and a differential input stage consisting of four bipo- 
lar devices. A more generalized equation can also be devel- 
oped which allows fT to be a variable and which permits the 
number of input devices (n) to vary. This equation is 

Von 
3HD(3rd)=12[]2ß 

[-*] 36 

where n = number of bipolar devices (2, 4, 6, ...), VT = 
KT/q = 26 mV at 300° K, ß = feedback factor, fT = unity - 
gain frequency, Vo = output voltage, and f = frequency of 
fundamental. 

Equation (36) reveals some characteristics of SID which 
were not evident from equation (35). First, it can be seen that 
increasing n reduces the distortion. This is due to a reduction 
in the curvature of the input transconductance curve (i.e. less 
change in gm for the same current change) as n increases. 
Unfortunately, practical limitations usually require n to be 2 

or 4 at most, so increasing n has a limited usefulness in re- 
ducing SID. Second, equation (36) shows the strong effect of 
the unity gain frequency on SID. Increasing fT by a factor of 3 

results in a distortion reduction of almost 30 dB! Clearly, fT is 
a highly important parameter in improving SID. However, it 
is important to make the close connection between fT and 
the SR limit. As pointed out by Solomon [21, 24] and others, 
for the 741 -type circuit topology with bipolar input devices, 
fT is proportional to the SR limit. This relationship is shown 
below 

SR = 2rrfT(4VT). (37) 
Therefore, improving fT produces a proportionate improve- 
ment in the SR limit, which reduces SID. 

Results of SID Calculation 
And Comparison with Measurements 

The demonstrated accuracy of (35) and the generalized 
form in (36) in predicting harmonic distortion in a 741 ampli- 
fier leads to some useful conclusions concerning slew in- 
duced distortion. 
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Fig. 34 - Distortion vs. output level for a 741 at 
various gain levels. 
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1) It means that slew induced distortion can be modeled 
and calculated with closed -form expressions, based on Vol- 
terra series principles. 

2) It shows that slew induced distortion is increased by the 
input signal slope (SS) and the sharpness of the transconduc- 
tance curve. It also shows that SID is decreased by more 
feedback and by a higher gain -bandwidth product. 
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Fig. 35 - Distortion vs. frequency for a 741 at various 
feedback conditions. 
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Fig. 36-Transient intermodulation distortion vs. 
slew rate ratio for a 4558, operated inverting at two 
gain levels. 
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Stan Getz listened to us. 
He's a world famous jazz musician. 

After he listened to the System B, a 
4 -way, 5 driver loudspeaker system, this 
is what he said: 

"This speaker doesn't pretty up or 
muddy up the sound. I like sound that's 
bright and natural. That's what the System 
B gives me:' 

The reason the sound is "natural" is 
because we've done everything possible 
to minimize distortion and provide 
smooth, broad, frequency response. 

We've painstakenly designed each 
individual driver component for the 
greatest possible clarity. 

We've carefully selected each cross- 
over frequency to isolate the resonance 
of each driver at least a full octave below 
its crossover region. This together with 
our Impedance -Compensated Crossover 
Network, completely eliminates distor- 
tion at the critical crossover frequencies. 
As a result, the sound comes through 

"bright" and "natural:' 
You don't have to run a great amount 

of power through the System B in order 
to get wide dynamic range, either. 

The System B has the power handling 
capacity to produce an incredible 115 dB 
of sound pressure at its 150 watt rating. 

Normally, high efficiency goes hand - 
in -hand with insufficient bass response. 

That's not the case with System B. 
50 

dB 

40 

VENT 30 

20 
SYSTEM OUTPUT 

LOW FREQUENCY 10 
DRIVER 
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Improved bass response as the result of the low frequency 
driver and vent working together. 

.. 

It blends extremely efficient drivers 
with a vented enclosure. 

The vent works closely with the low 
frequency driver to extend the bass re- 
sponse downward to the limit of recorded 
music. 

There's much more to this amazing 
speaker system than it's possible to de- 
scribe in detail here. 

That's a good reason for you to go 
to your Jensen Home Audio Dealer for a 
demonstration. 

After all, your ears are the ultimate 
test. 

But one more word from the master, 
Stan Getz. 

"I like to hear sound as it is. I don't 
like prettied -up sounds where you put 
everything through a powder puff. These 
speakers give me accurate sound:' 

Listen to the Jensen System B in 
person. 

Stan Getz did. He liked what he heard. 
So will you. 

Listen with the professionals. 

Listen to JENSEN speakers. 

JENSEN SOUND LABORATORIES 
Division of Pemcor, Inc., Schiller Park, IL 60176. 



3) It demonstrates that since the slope of a constant ampli- 
tude sine wave is proportional to its frequency, that SID (or 
DIM, as in the sine -square test) should vary as the cube of 
the input SS. This is confirmed by the data in Figs. 20 and 24 

that show the variation of DIM with SS is a cubic relation- 
ship. 

4) It shows that increasing a device's slew capability, with- 
out adding additional nonlinearities (like slew enhance- 
ment), will reduce slew induced distortion. 

The Effect of Feedback for SS>SR 
Present TIM theory suggests that feedback increases distor- 

tion. Our measurements and calculations show that, at least 
for signal conditions below the slew rate limit (SR ratio <1), 
that feedback reduces distortion. The overall effect of feed- 
back on distortion (for a constant slew rate capability) is 

shown by our data to depend on whether the SS is less than 
or greater than the SR limit. For SS<SR, increasing feedback 
reduces distortion. For SS>SR, increasing feedback increases 
distortion. There is a crossover point around SS=SR where 
feedback has a minor effect on distortion. These trends are 

evident in the THD plot of Fig. 35 and the sine -square (TIM) 
plot of Fig. 36. It should be remembered, however, that for 
distortion -free performance the SS must be less than the SR, 

and if this criterion is met, feedback can generally be relied on 
for distortion reduction. Operating an amplifier with the 
SS>SR is simply not a realistic consideration for high-fidelity 
reproduction. Some discussion and experiments of the next 
section will clarify these points further. 

Designing for Minimal SID or TIM 
We have now reached a point where the factors which 
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govern the behavior of the SID mechanism have been dis- 
cussed in principle. However, the discussion thus far has 

been largely focused on behavior as viewed from outside an 

amplifier or how to characterize it in terms of SID. 
Perhaps more important is how to design an amplifier from 

the ground up for minimum susceptibility to SID or TIM. This 
section focuses on these aspects of the situation and devel- 
ops techniques which can be used to predictably model cir- 
cuit performance. 

We will begin the discussion by returning to a two -stage 
amplifier model, shown in Fig. 37, which is similar in many 
regards to Fig. 5a of Part I or to Fig. 27 above. This two -stage 
circuit will now be used to develop a general topology which 
can be used to model amplifier performance and also dra- 
matically illustrate the TIM and SID phenomenon. 

A circuit topology similar to Fig. 37 was described 10 years 
ago in a classic paper by Solomon [24] et al. This paper con- 
tained a number of defining behavioral relations, which are 

not only historically important, but are also applicable to am- 
plifiers of this type in general [47, 64]. 

A basic point which should be appreciated with regard to 
this two -stage amplifier is that one can actually design it to 
yield a given overall gain -bandwidth for an infinite set of 
combinations of stage 1 and stage 2 gains. The key question 
is, does it matter whether stage 1 or stage 2 furnishes the bulk 
of the gain? For herein lies the answer to the entire TIM and 
SID problem. In other words, how should the gain be parti- 
tioned between the two stages for best overall performance? 
Before we plunge into the equations which govern this, per- 
haps some discussion would be helpful towards insight. 

We have already established by (14) that the SR which will 
be seen at Vo is set by I K and Cl. However, we also know 
that to increase SR we cannot just arbitrarily increase IK or 
decrease Cl, because of stability reasons. We must also de- 
crease gm simultaneously with either of these measures to 
maintain stability. In general, a lower gm implies less gain in 
stage 1, i.e. the stage can accept greater input error signals AV 

before the saturation which results in TIM and/or SID is 

reached. Thus, it can be said that to maximize SR in a given 
bandwidth, the stage preceding the integrator of a two -stage 
amplifier design such as this must have a low gm and high IK. 

Solomon expressed this as a lowgm/Ik ratio in [24] and 
[21], and it has also been expressed as a highlk/gm ratio by 
Gray and Meyer in [22]. The latter form allows an expression 
to be written which directly describes the amplifier's maxi- 
mum input -voltage capability or dynamic range. This is the 
voltage which, when exceeded, will result in slewing. It is 

simply 

Vth = 
ßm (38) 

Others have termed this the input -voltage dynamic range 
[50]; however, the meaning is similar. 

A greater application for how these relationships function 
may be obtained by examining two representative IC ampli- 
fiers with dissimilar Vth's. These types are used as examples 
because they are externally compensated and readily avail- 
able. This allows convenient experimental duplication. A 
301A amplifier (or 741, as noted above) has a gm of 

IK 

gm 
4VT. (39) 

This equation can be expressed in terms of IK/gm or Vth, as 

IK = 4VT. Vcnowu) = 
gm (40) 

Since VT = 26 mV at room temperature, a useful approxima- 
tion of (40) is 

Vm(301A) .x0.104 V. (41) 

Thus, a peak input voltage of 104 mV to a 301A (or 741) 

will cause it to slew. 
To turn to another amplifier type, a representative FET in- 

put device is the TL070 (or TL080) which has a gm of approxi- 
mately 

gm(070) 
ti 1.5 I K. (42) 

If this relation is expressed in terms of Vth, it becomes 
Ik = 0.67 V. v,(070,= gm (43) 

As can be noted by comparison of (41) and (43), the TL070 
FET achieves a Vth more than six times that of the 301A bipo- 
lar for similar conditions, This, for a comparable bandwidth, 
produces a higher SR. For example, for a 1 MHz bandwidth 
condition, the TL070 has a 4.3 V/ pS SR (Cc = 47 pF), while 
the 301A is only 0.67 V/ pS (Cc = 30 pF) [31]. 

For the amplifier model under discussion, a relationship 
can also be drawn between Vth, SR, and gain -bandwidth 
product (GBP) similar to that expressed in [24]. We use the 
more general GBP, rather than fT, since GBP can often exceed 
fT. Also, fT is usually taken to mean the unity -gain crossover 
frequency and implies unity -gain stability. This is not always 
a requisite. An expression for SR in these terms is 

SR - (V,6 2Tr GBP) 

106 (44) 

where SR is in V/ NS, Vth in volts, and GPB is the gain - 
bandwidth product (Hz) at audio frequencies. (The rele- 
vance of this equation to the subject of TIM and SID is fun- 
damental. Although first described by Solomon and others 
[24], the authors would like to document that this relation- 
ship's importance to audio amplifier performance has been 
previously noted in letters to the A.E.S. by R. Cordell of Bell 
Labs, 9/77, and B. Olsson of Xelex AB, 11/77 and 2/79.) 

This relationship clearly demonstrates that SR is directly 
proportional to Vth and GBP for this model. However, the 
caution should be extended that it does not apply universal- 
ly. Two particular exceptions are some feed -forward ampli- 
fiers and slew -enhanced circuits such as IC type 531. In the 
case of a feed -forward type, such as the 5534, Vth is not 
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Fig. 37 - Two -stage transconductance-integrator 
model of a practical amplifier. 
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Fig. 38-Synthesized two -stage amplifier model. 
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Fig. 39 - Test circuit for synthesized model. 
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Fig. 40-THD vs. frequency of the synthesized 741 
op -amp model for various rate slew conditions (Test 1). 

altogether a straightforward predictor of SR, as its Vth of 
52mV and fT = 10 MHz predicts only a 3 V/ pS SR. However, 
the GBP of this device is actually 22 MHz at audio frequen- 
cies - if this figure is used in (44), the SR predicted is 7 V/ 

NS, which agrees reasonably well. An important point is also 
that one must not be misled into the belief that slew -en- 
hanced devices, which can show large voltages for Vth, lead 
directly to quality results. As has been shown previously, 
such amplifiers must be treated individually, as their dynamic 
input nonlinearities makes them special cases. 

The relationship described by (44), while certainly an im- 
portant one, can be erroneously misinterpreted. For example, 
it should not be interpreted to mean that only a very high 
Vth is fundamentally the route to high SR and thus low TIM. 
As (44) clearly shows, raising GBP (where allowable) achieves 
a similar result, and a practical example is the amplifier com- 
pensated for a higher noise gain (and thus GBP), such as the 
301A of Fig. 11 (Part II). Such an example illustrates a low 
Vth device (the 301A) achieving a high SR. Another example 
is the 5534, a high GBP device, but with a very low Vth, only 
52 mV! And, it should be noted, sufficient GBP must be pres- 
ent to result in a useful final closed -loop bandwidth. 

The important thing to be remembered for this relation- 
ship is not totally Vth or GBP in absolute terms, but their 
interrelationship, which in many cases can be manipulated 
to achieve a high SR. The concept of a high Vth is, of course, 
most important when one is attempting to maximize SR with 
a given GBP, for as (44) shows, it is the only way it can be 

done with this type of circuit topology. 

Experiments Which Demonstrate 
The Principle 

A very cogent demonstration of the just described relation- 
ships can be made by synthesizing a two -stage amplifier 
model and subjecting it to various feedback and open -loop 
performance combination. 

The circuit used for a series of these experiments is shown 
in Fig. 38 and is actually composed of two local -feedback IC 
op amps, which together comprise the model. Al performs 
the function of a gm input stage, converting the input voltage 
AV into a proportional current in R3. A2 performs the func- 
tion of the integrator. Actual devices used for the experi- 
ments to be described were the 5534 for Al and either a 5534 
or 318 for A2. The devices used must, of course, have an 
inherent SR in excess of that which will be demanded by the 
model's operating conditions, as well as low distortion. These 
factors, combined with the local feedback, yield an amplifier 
with virtually ideal characteristics (even without overall feed- 
back) as any nonlinearities are strongly suppressed. 

A series of performance defining equations are included in 
the figure, and these can be manipulated with a great degree 
of freedom (another reason for using a model such as this, in 
fact). Some comment on these relations is in order before 
they are put to use, though. 

Transconductance of the Al stage is defined as 

gm 
+R2` 1 \ 
R, R3 

Maximum output current, (lm), is defined simply by the 
clipping voltage limit of Al, V1 (max) divided by R3, or 

I V1(max) 
m 
- R3 

(45) 

(46) 

Im, the peak.output circuit, is analogous to IK of Fig. 37, in that 
it sets the SR. It is slightly different in this case, due to more 
design freedom. 

It is important to note that these two relationships are not 
exactly equivalent to those associated with Fig. 37. For exam- 
ple, the gm of Fig. 38 can be set independent of Im (if desired), 
and Im can be set independent of g0, (if desired). This extra 
flexibility and the use of a voltage amplifier to produce V1 
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Fig. 41- Transient performance of synthesized op -amp model 
with various slew rates to a 20-V p -p square wave of various 
frequencies. Top traces are outputs, bottom traces error volt - 

yields a direct monitor of the conditions in the input stage. A 
standard gm input stage does not allow voltage monitoring of 
error signals. 

Because of the above, Vth in this circuit is simply 

Vth = V1(max) R1+R2 ' 
(47) 

As this expression shows, Vth is simply the output overload 
voltage of Al, divided by the gain set by R1 -R2. 

The remaining performance equations are simply derived 
from combinations of others; as the figure shows 

SR - V1(max} 

CT 
(49) fp = ( V1(max) 

R-) 
(2;1 

;b;) 
Gain bandwidth product (GBP) follows from (8) 

GBP = gm 

2TTC1' 

Substituting gm as by (45), this becomes 

GBP= ( ) \1) \ 27 TC1). 

Open loop bandwidth (in the presence of R4) is 

fo = 2rrR4C1' 
1 

(50) 

(51) 

(52) 

Without R4, it is reasonable to regard A2 as a near -ideal inte- 
grator, in which case fo is well below the audio range for 
practical values of Cl, and the gain -bandwidth product is 

constant throughout the audio range, as set by (51). 

Test Results 
The first test (Test 1) performed on the model was to syn- 

thesize a standard 741 op amp in terms of GBP and manipu- 
late it for differing SR. The results should show very linear 
behavior up to fp, and a hard limit or sudden distortion rise 
as slew limiting is reached. Conditions were set up for a unity 
signal gain inverter, with a noise gain of 20 dB, using the test 
circuit of Fig. 39. 

Figure 40 shows the results of Test 1 for a THD swept - 
frequency test, at an output of 7V rms. Conditions A, B, and 
C are approximately 0.4, 1.8, and 18 VM S respectively. The 
different circuit conditions to yield these SR are noted. As 
should be noted, since GBP and the feedback conditions are 
identical for all three of these tests, the only variables are SR 

and Vth. 
As can be noted from the A and B curves, these conditions 

produce a sudden distortion increase when the SS of the test 
signal equals the amplifier SR. The high SR of condition C 
prevents the limit from being reached, for any test condition. 
Note that Vth increases, going from A to C, in the same pro- 
portion as SR. 
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ages. A,SR=0.4V/NS,5 kHz; B,SR=1.8V/NS,20 kHz; C, 
SR = 18 V/ NS, 50 kHz. (Scales: All, 10 V/cm; A, 20 NS/cm; 
B,5 pS/cm; C, 2 NS/cm.) 

For a case of transient signal condition, the photos of Fig. 
41 show how this same amplifier behaves for the three condi- 
tions set down in Fig. 40, but with a different method of 
measurement. 

Figure 41A shows waveforms for the "A" test condition (SR 
= 0.4 V/ NS) for a signal condition of a 5 -kHz, 20-V p -p 
square -wave input. The top trace shows the Vo waveform, 
which clearly resembles a 741 - type response (31, 38), 
changing 20 V in over 40 NS. Inside the loop, the error voltage 
V1 is shown at the bottom. Here it is seen that V1 saturates 
negative, then positive, for the corresponding (+) and (-) 
slew intervals, respectively. It is clear from this photo that the 
slewing evident in Vo is a result of saturation in V1. 

Figure 41B shows waveforms for the "B" test condition (SR 
= 1.8 V/ NS), with a 20 -kHz, 20-V p -p square -wave input. At 
the top, the Vo waveform shows that slewing is present, as is 

evident by the linear (+) and (-) slopes. This is confirmed by 
the V1 waveform, which again indicates saturation of the 1st 
stage for these corresponding times. This is similar to Fig. 
41A, but the difference is that for this higher SR condition, 
the slewing intervals are simply shorter (note scale factor dif- 
ferences - do not be misled by same generalwaveshape). 

Figure 41C is very interesting, because it demonstrates that 
a sufficiently high SR and Vth can completely prevent satura- 
tion of the first stage and maintain operation within the small 
signal region entirely. Conditions of these photos are an SR 
of 18 V/ NS. However, the feedback conditions described 
above in conjunction with the 20 -dB noise gain result in an 
amplifier closed -loop, small -signal bandwidth of 95 kHz. This 
in turn is equivalent to a single -pole, low-pass filter with a 
time constant of 1.7 NS. For a 20-V p -p output from this filter 
(the amplifier), the maximum signal slope is 12 V/ pS. 

For Fig. 41C, the signal input is a 20-V p -p 50 -kHz square 
wave, and it can be noted that there is no slewing evident in 
Vo. The waveform is exponential in shape with a risetime of 
about 4 pS - consistent with the small signal relationships. 

That slewing is not present is also confirmed by V1, which 
shows that the error voltage remains below the clipping 
level. Note that the highest amplitudes of V1 occur at the 
peak SS of Vo or at the transition points of the square wave. 

This particular test confirms in another way the point made 
in Part I of this series, that slewing can be prevented by main- 
taining the amplifier small -signal bandwidth at a lower fre- 
quency than the power bandwidth. In 41C, fc is 95 kHz, but 
fp is 290 kHz, and no slewing is evident. 

With this same model, experiments were also conducted 
to examine the sensitivity of the amplifier to open -loop 
bandwidth (fo). Test two conditions were commonly set up 
as described in Fig. 42, which resulted in an SR of 1.3 V/ uS 
and an fr of 540 kHz. For this test circuit with R4 present at 
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Fig. 42 - THD and error voltage vs. frequency of the 
synthesized 741 op amp model for different open - 
loop gain conditions (Test 2). 

I00K 

10K, fo becomes 16 kHz and the open -loop gain is 30 dB. 
With Rx open, the feedback is then 24 dB. With R4 open, the 
circuit becomes a classic op amp, with a very high open -loop 
gain and fo very low. Note, however, that GBP remains un- 
changed for either condition. 

For condition A, where R4 is 10K, THD curve A indicates 
that slew limiting is reached at 18 kHz. V1 (A) is a plot of the 
rms error voltage versus frequency. Since it is essentially flat 
with frequency, it is testimonial to the wide open -loop 
bandwidth. Note that V1 increases to its clip level at 18 kHz, 
coincident with the slew rate limit point. 

The B condition shows corresponding results with R4 
removed, and the most obvious difference is the (apparent) 
increase in fp. Error voltage V1 (B) now increases 6 dB per 
octave with frequency, the inverse of the integrator's gain 
rolloff - what is necessary to maintain a flat output versus 
frequency for the overall circuit. 

The apparent increase in SR for condition B is not an in- 
crease for this condition, but rather reflects a less than poten- 
tial maximum SR for the A condition. This is so because the 
10K resistor loading the integrator absorbs a portion of the 
charging current available to CI for slewing. 

These points are also brought out in the square -wave pho- 
tos of Fig. 43. This shows response of the circuit of Fig. 42 to a 
5 -kHz, 20-V p -p square wave for conditions A and B. 

For these test conditions, the transient performance is 
shown in Fig. 43. The slewing in Vo shown in 43A shows a 
quasi -linear ramp or a combination of ramp and exponential 
waveform caused by R4. Since R4 constrains the open -loop 
gain to a relatively low value, this is also reflected in the large 
error voltage shown in V1 (bottom). 

The voltage V1 is clipped for the slew intervals (as expect- 
ed) but also shows a very large potential (10 V) for the steady 
= state waveform positions. This excessive error voltage re- 
flects a relatively large gain error for this circuit. 

A B 

Figure 43B shows the Vo and V1 response for the same 
input drive but with R4 removed or condition B. Note that in 
43B the slewing intervals are shorter and linear, as would be 
expected due to the constant and larger C1 charging current 
available. The error voltage shown in V1 is much lower in the 
steady-state periods, reflecting the increased gain available in 
the integrator. The low gain error is also reflected (more sub- 
tly) in the greater amplitude in Vo, compared to Fig. 43A. 

This test indicates that, by both THD and transient re- 
sponse tests, there is no inherent advantage to a wide open - 
loop, small -signal bandwidth. By contrast, there are definite 
disadvantages to the constraint such operation can place on 
amplifier characteristics, such as limited LF loop gain and also 
some sacrifice in SR. And, while it is not apparent from this 
particular experiment, loading an integrator stage in a con- 
ventional amplifier will usually degrade the open -loop dis- 
tortion characteristics. 

Predicting A Non -Slew -Limited Response 
We are now at a point where the information developed 

can be merged into a set of relationships useful in designing 
a non-slew-limitedamplifier or an amplifier which is free of 
SID and TIM, by definition. This evolves in a fairly straightfor- 
ward manner from the relations just discussed. 

A non -slew -limited amplifier is simply one which cannot 
be made to slew for any signal input level below that which 
causes amplitude clipping. Input waveform shape is unre- 
stricted and may include all waveshapes up to and including 
square waves. The square wave (as discussed in the sine - 
square box of Part II) is the most rigorous test to which an 
amplifier can be subjected because of its very high SS (infi- 
nite, for an ideal square wave). Therefore, if an amplifier can 
be proven to be free of slewing distortion for a square -wave 
test for all signal amplitudes in its linear range, it is by defini- 
tion non -slew limited and will be largely free from SID or 
TIM problems. 

All amplifiers will have by design a small -signal 
bandwidth, fc. This bandwidth will either be determined by 
the feedback configuration or an input pre -filter. The ampli- 
fier will then band limit a square -wave input signal to a 
bandwidth of fc. For simplicity at this point, we will assume 
this to be a single pole rolloff. For such a filter response it can 
be shown [33, 67, 70] that the signal slope of the resulting 
band-limited-output square wave is 

SS(sq) - 2TrVppfc 
106 (53) 

where Vpp is the peak -to -peak amplitude at the filter output, 
fc is the small -signal bandwidth, and SS is in V/p S. 

That this signal slope is much higher than a sine wave at fc 
(passed through the same filter) can be shown by the rela- 
tion of the two slopes. A sine wave at fc will be down by 3 dB 

Fig. 43 - Transient performance of 
synthesized op- amp model with 

different open -loop gains to a 20-V 
p -p, 5 -kHz square wave. Top traces are 
outputs, bottom traces error voltages. 
A, R4 = 10k; B, R4 = open. 
(Scales: 10 V/cm, 20 p S/cm.) 
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Fig. 44 - Test circuit to 
examine Vth criteria. 
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in amplitude, which can be expressed by modifying equation 
(1) by multiplying it by x/7/2, yielding 

VZnVpfc 

106 
(54) 

Equations (53) and (54) can be combined to show their ratios 
as 

SS(sine) = 

SS1sq) = 2%/2 SS(sine) 
. 

(55) 

Since this is nearly three times the signal slope of a sine 
wave at the frequency fc, it is clearly a more rigorous test. 
That it is the most rigorous test comes from the fact that the 
SS of the unfiltered square wave is infinite. It is clear then 
that an amplifier which passes a square -wave test without 
nonlinear distortion appearing in the output tends to be an 

optimum design. The question now arises, how can this be 
guaranteed? 

We already know that to guarantee freedom from slew 
limiting we must, as a minimum, guarantee that the amplifier 
SR is in excess of the output SS for all possible signal condi- 
tions. For the non -slew -limited amplifier, this will encompass 
the signal slopes of square waves up to the rated output. We 
can set up a criterion to provide this with only a few parame- 
ters. Initially, let us consider a conventional feedback ampli- 
fier which follows the relationships discussed for Vth, SR, and 

GBP. By general feedback theory, we can express the 
bandwidth of this amplifier as 

fc = GBP ß (56) 

where fc is the small signal bandwidth, GBP is its gain - 
bandwidth product, and ß the feedback factor. For this initial 
part of the discussion we will assume no other filtering, and 
the amplifier alone determines the bandwidth, as just out- 
lined. 

To guarantee no slew limiting, we desire that SR?. SS. To 

provide this, we can write an inequality, substituting the ap- 

propriate equivalents for SR and SS, as they pertain to this 
amplifier. SR is as described by (44), and SS by (53). The 
inequality is 

2n Vth GBP 2nVppfc 
106 

A 

106 

B 

(57) 

With simplification, we can express this in terms of Vth as 

Vth > Vpp fc 
- GBP 

Equation (58) gives us an expression tor a minimum Vth, but 
we can further simplify it by substituting (56), which yields 

Vth Z Vppß. 

(58) 

(59) 

The rather simple appearance of this expression may hide its 
rather profound implications. Since Vppß is in fact equal to 
the peak -to -peak input voltage, this relationship states that 
Vth should be in excess of the maximum pp input amplitude. 
In other words, the input stage (alone) will not overload 
when driven with a full-scale input signal [47, 67]. 

That the criterion works can be illustrated with some data 
just presented. In test 1, condition C it was observed that the 
experimental amplifier did not slew limit when subjected to 
a full -amplitude square -wave input. For condition C, Vth was 
3V and the SR was 18 V/ pS. If a minimum Vth is calculated 
from (59) for this amplifier, it is found to be 2V. Therefore 
condition C satisfies (59), since 3V>2V. 

On the other hand, if condition B is examined, it will be 
noted that Vth is only 0.33 V, and slew limiting did occur 
(Fig. 41B). Here the criterion was violated; i.e., 0.33V< 2V. 

Another example, more in the line of a real amplifier, was 
the variable -feedback amplifier from Part I, discussed in Figs. 

3 and 4. If Figs. 4a, 4b and 4c are re-examined, it will be noted 
that slew limiting is evident in condition A and some in B. 

Condition C is a non -slew -limited case. 
Since the gains in this case were 20, 40 and 60 dB, respec- 

tively, ß is correspondingly 0.1, 0.01, and 0.001. As the output 
level is 20 V p -p in all cases, it can be noted that conditions A 

and B violate the minimum Vth criterion, which says that 
Vpp should be less than the 301A's Vth of 0.104 V. In condi- 
tion C, the criterion is satisfied, and no slew limiting is evi- 
dent. 

It may already have occurred to some readers that this cri- 
terion is a most restrictive one, as it dictates very low feed- 
back factors to eliminate slew limiting in the case of low Vth 
amplifier stages. Inasmuch as all directly coupled, undegen- 
erated bipolar -transistor differential -amplifier pairs have a 

Vth of 0.052, this can quite logically explain TIM and slew 
limiting possibilities in power amplifiers, where Vpp may be 
upwards of 70 V. 

It is interesting to plug typical power amplifier numbers 
into the relationship of (59) to see what results. A 100 W - 
into -8 -ohm amplifier with a gain of 20 (26 dB) has a Vpp of 
80 V and a ß of 0.05, which results in a required Vth of 4 V 
. . . clearly many times in excess of the 0.052 V resulting 
when an undegenerated bipolar differential pair is used in 
the input stage. 

As a historical comment, the vacuum tube, still favored by 
many, has a Vth on the order of 3 V, for a typically used type 

111110111 

11111111111111 

Fig. 45 - Transient response of a 301A, 
operated inverting with unity -gain 
compensation, Cc = 33pF, to 20 -kHz 
square wave filtered at 100 kHz. Top 
traces are error voltages, bottom traces 
outputs. A, slew- limited response, and 
B, non -slew -limited response. (Scales: 
5 pS/cm both; A, 0.5 V/cm top, 2 V/cm 
bottom; B, 0.1 V/cm top, 0.5 V/cm 
bottom.) 
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