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HIGH FIDELITY:"... The 
performance of the SA -9100 
is so exceptional and the 
many extras in the way of 
switching options, and so 
on, so emir ently useful. 
that we find it the most 
exciting piece of audio 
hardware we've yet tested 
from this company." 

STEREO REVIEW: "... The 
TX -9100 unequivocally 
outperforms anything we 
have tested up to this time." 
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HI -F STEREC BUYERS' 
GUIDE: "(The SA -9100) isa 
powerhouse cf sound level, 
performance and features. 
Works like something tie 
chi& engineer had built - 
for his own use." 

"The Pioneer TX -9100 
AMIFM s:ereo tuner orers 
notably excellent perform- 
ance and sound quality." 

AUDIO: "You can't bui 
better audible performance 
than is achievable win 
Fioneer's new TX -9100 
(AM -FM stereo tuneri a- 
m& price." 

STEREO REVIEW: "This 
(SA -9100:. is an essentially 
cisIortioniess bug --ree, 
anc powerful amplifier with 
axceptioral 
ß h ghly complex array of 
electronic c rcuitry as 
teen packaged into a 

corsume- product of 
relatively modest prise 
without a true of 'haywire' 
cr slipshod aEsemb y. It 
almost seers a pity :o hide 
internal wort manshio." 



stabilization, special electronic regulator 
circuits are used. Transient response is 
also improved with a superb damping 
factor of 70. 

The unique equalizer amplifier 
To make certain that extraneous signals 
do not interfere with the input signal, the 
equalizer amp is totally enclosed and 
sealed to shield it against leakage. 

There's also extra assurance of 
precision with special low noise metal 
film resistors and styrol capacitors. Both 
are manufactured under continuous 
computer control to highest laboratory 
test equipment tolerances: ±1% for 
resistors; ±2% for capacitors. Until now 
such precision has been unheard of in 
hi-fi equipment. Deviation from the ideal 
RIAA curve is only ±0.2dB. 

Since a direct -coupled SEPP 
complementary circuit is used in the 
equalizer amplifier, virtually any dynamic 
phono cartridge can be accommodated 
without overloading or distortion. For 
example, with 2.5 mV sensitivity, the 
overload at 1 KHz is an unbelievable 
250mV, and 1200mV at 10KHz! 

Twin stepped tone controls. 

The power amplifier 
To sustain the ultra sophistication of the 
equalizer and contro! amp sections, the 
power amp has a direct -coupled pure 
complementary SEPP circuit, double 
differential amplifiers and two constant 
current loads. The combined effect is the 
achievement of wide power frequency 
range and excellent transient response. 
100% negative DC feedback is 
supplemented by 66dB dynamic negative 
feedback for minimum distortion and 
absolute stability. The pre and power 
amps can be used independently with a 
separation switch. 
Exclusive direct -coupling in all stages 
Until now direct -coupling has been used 
only with the power amplifier. Pioneer 
takes it a dramatic step further in the 
SA -9100 and SA -8100. Direct -coupling in 
all stages from the equalizer amp to the 
control amp to the power amp. More 
effective? Absolutely. It achieves the 
finest transient response, wider dynamic 
range, THD and IM distortion of only 
0.04% (1 watt). It's an incredible 
achievement. 

Level set, volume 
and loudness 
contour controls 
adjust to listening 
preference 
Three controls 
working together 
adjust to any degree 
of loudness. The 
level set control is 
the primary volume 
control. Its maximum 
loudness setting 
is OdB. 
Successive settings 
of -15dB and -30dB 
result in lower gain. 
Once the desired 
volume is obtained, 
the volume control 
is used for fine 
adjustments within 
the given 

range.. While the loudness contour boosts 
bass and treble, it may also be used 
with the level set control. The Consistent 
more advanced the position 
of the level set control, the 
lower the effective range of 
the loudness contour. 
The original and positive 
speaker protector circuit 
Since the signal is fed 
directly to the speakers 
because of direct -coupling, an automatic 
electronic trigger relay system is 
incorporated into the power amplifier. 
This protects the speakers against 
damage from DC leakage which can also 
cause distortion. It also prevents short 
circuits in the power transistors. 
Maximum convenience for program 
source selection 
While there is a multiple function rotary 
switch for microphone, phono 2 and two 
auxiliaries, Pioneer has included an 

acrscrior. 

Main Control Curves 
(Sub set at Flat) 

TREBLE 

Sub Control Curves 
(Main set at Flat) 

100Hz Frequency 10kHz 50Hz Frequëncy 20kH 

Excellent frequency response curves from 
ack butte 

The control amplifier: Twin stepped tone 
controls custom tailor your listening. 
Now you can make the most critical bass 
and treble adjustments with supreme ease. 
In fact, there are 5,929 tonal combinations 
to suit your listening room acoustics and 
to compare or compensate for component 
frequency response. 

On the SA -9100 and SA -8100 four 
tone controls (two for bass, two for treble) 
make 2dB (2.5dB with SA -8100) step 
adjustments for the entire audio spectrum. 
Working together with the tone controls is 
a buffer amplifier with 100% negative DC 
feedback. The main bass control governs 
± 10 dB at 100 Hz; the sub -bass, ± 6dB at 
50 Hz. The main treble control governs 
±10 dB at 10KHz and the sub -treble, 
± 6dB at 20 KHz. This, plus the tone 
defeat control (described in the next 
paragraph) makes the SA -9100 the most 
exciting -to -use amplifier that has ever 
powered any hi-fi system. 

New tone defeat switch 
Because of the extremely wide variety 
(5,929) of frequency adjustments made 
possible by the twin tone controls, the 
tone defeat switch adds extra flexibility. 
Adjusting the tone controls to your 
satisfaction, you can flip the tone defeat 
switch. Bass and treble responses 
instantly become flat. When it is switched 
off you return to the original tone control 
settings. 

SA -9100 
SA -8100 
SA -7100 

Convenient program source 
selection switch & control lever. 

(V)PIONEER 
when you want something better 

additional convenience. A separate flip 
type lever control for instant switching 
between the more widely used tuner and 
phono 1 and any other single program 
source. Incidentally, both switches are 
shielded to protect the input against 
undesirable extraneous signal pickups. 

Two-way tape duplicating and monitoring 
There are two separate flip type switches 
on the front panel of the SA -9100 for 
tape -to-tape duplicating and monitoring. 
Two tape decks can be connected for 
recording, playback and duplicating in 
either direction, with simultaneous 
monitoring. 

Level controls for phono 2, aux 2 

In order to match the level of various 
inputs, individual level controls are 
provided for phono 2 and aux 2. 

Speaker B control 
This special control helps in the use of two 
pairs of speaker systems of different 
efficiencies. There is no sacrifice of 
damping or distortion when switching from 
orie pair to the other. 

Impedance selector for phono 2 

An easy -to -use switch allows you to 
employ any phono cartridge input 
(25K, 50K, 100K ohms). 

Two -position high & low filters 
The low filter switch on the SA -9100 and 
SA -8100 has subsonic (below 8Hz) and 
30Hz positions. The high filter switch has 
12KHz and 8KHz positions. 

Maximum versatility in program sources 
SA -9100 SA -8100 SA -7100 

Inputs 
Tape monitor-S/N 2-90dB 2-90dB 2-90dB 
Phono-S/N 2-80dB 2-80dB 2-80dB 
Auxiliary-S/N 2-90dB 2-90dB 2-90dB 
Microphone-S/N 2-70dB 2-70dB 1-70dB 
Tuner-S/N 1-90dB 1-90dB 1-90dB 

Outputs 
Speakers 3 2 2 

Headsets 1 1 1 

Tape Rec. 2 2 2 

power for every requirement 
RMS power 
both channels 
driven 
20-20KHz 
60+60 watts 
40+40 watts 
20+20 watts 

RMS @ 8 ohms 
both channels 
driven @ 1KHz 

65+65 watts 
44+44 watts 
22+22 watts 

RMS @ 4 ohms 
single channel 
driven @ 1KHz 

100+100 watts 
60+60 watts 
36+36 watts 

This new I neup of Pioneer tuners and 
amplifiers is unquestionably the most 
advanced available today. Yet despite 
this overwhelming sophistication, they're 
sensibly priced. 

See your Pioneer dealer. He'll show 
you how this series of fine instruments 
can outperform any units in their price 
range. All prices include walnut cabinets. 
SA -9100-$399.95; SA -8100-$299.95; 
SA -7100-$229.95; 
TX -9100-$299.95; TX -8100-$229.95; 
TX -7100-$179.95. 
While not discussed here, Pioneer is also 
introducing the SA -5200 stereo amplifier 
and the TX -6200 stereo tuner for high 
quality hi-fi on a low budget. Only $129.95 
each, with walnut cabinet. 

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

West: 13300 S. Estrella, Los Angeles 
90248 / Midwest: 1500 Greenleaf, Elk 
Grove Village, Ill. 60007 / Canada: S. H. 
Parker Co. 

Check No 34 on Reader Service Card 



You're 
reading 

this page 
for the 
same 

reasons 
we build 

our 
speakers. 

Better music, wherever you 
listen. Real fundamental, bass, 
including the attack of tympani 
and organ An almost tactile 

feeling of presence. And 
transparent highs, providing 

unusual instr lmertal definition. 

First and foremost, we built 
the LDL 749A to satisfy our own 
desire for musical enjoyment. 

Including the spat al sensations: 
from the intimacy of small 

groups to the awesomeness of 
full orchestra. 

With their precise combination 
of forward-rcdiatecil sound and 
panoramic reflection, LDL 749A 
are a compact, elegant way to 

put the concert nail in your 
listening room, And the price is 

as realistic as the sound! 

Linear 
Design 
Labs 
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Now BIC VENTURIputs to rest 
some of the fables, fairytales, folklore, 

hearsay and humbug 
about speakers. 

Fable 
Extended bass with low distortion 
requires a big cabinet. 

Some conventional designs are rela- 
tively efficient, but are large. Others are 
small, capable of good bass response, but 
extremely inefficient. The principle of 
the BIC VENTURI systems (pat. pend.) 
transforms air motion velocity within 
the enclosure to realize 
amplified magnitudes 
of bass energy at the 
BIC VENTURI coupled 
duct as much as 140 
times that normally 'Itlllllllllllll 
derived from a woofer 
(Fig. A). And the filtering action achieves 
phenomenally pure signal (Scope photos 
B & C). Result: pure extended bass from 
a small enclosure. 

B-Shows output. of low frequency driver when driven at a freq. 
of 22 Hz. Sound pressure reading, 90 dB. Note poor waveform. 
C-Output of venturi coupled duct, (under the same conditions 
as Fig B.) Sound pressure reading 111.5 dB, (140 times more 
output than Fig. B.) Note sinusoidal (nondistorted( appearance. 

Fairytale 
It's okay for midrange speakers to cross 
over to a tweeter at any frequency. 

Midrange speakers cover from about 
800 Hz to 6000 Hz. However, the BICONEX'"horn 

ear is most sensitive to midrange 
frequencies. Distortion created 
in this range from crossover 
network action reduces articu- 
lation and musical definition. 
BIC VENTURI BICONEX horn (pat.pend.) 
was designed to match the high efficiency 
of the bass section and operates smoothly 
all the way up to 15,000 Hz, without 
interruption. A newly designed super 
tweeter extends response to 23,000 Hz, 
preserving the original sonic balance and 
musical timbre of the instruments 
originating in the lower frequencies. 

Folklore 
Wide dispersion only in one plane is 
sufficient. 

Conventional horns suffer from musi- 
cal coloration and are limited to wide- 

angle dispersion in one plane. 
Since speakers can be positioned 
horizontally or vertically, you 
can miss those frequencies so 
necessary for musical accuracy. 
Metallic coloration is eliminated 
in the BICONEX horn by making 
it of a special inert substance. 
The combination of conical and 
exponential horn flares with a 
square diffraction mouth results 
in measurably wider dispersion, equally 
in all planes. 

Hearsay 
A speaker can't achieve high efficiency 
with high power handling in a small 
cabinet.. 

It can't, if its design is governed by such 
limiting factors as a soft -suspension, 
limited cone excursion capability, trap- 
ped air masses, etc. Freed from these 
limitations by the unique venturi action, 
BIC VENTURI speakers use rugged drivers 
capable of great excursion and equipped 
with voice coil assemblies that handle 
high power without "bottoming" or danger 
of destruction. The combination of in- 
creased efficiency and high power handl- 
ing expands the useful dynamic range 
of your music system. Loud musical pas- 
sages are reproduced faithfully, without 
strain; quieter moments, effortlessly. 

Humbug 
You can't retain balanced tonal response 
at all listening levels. 

We hear far less of the bass and treble 
ranges at moderate to low listening levels 
than at very loud levels. Amplifier "loud- 
ness" or "contour" switches are fixed rate 
devices which in practice are defeated by 
the differences in speaker efficiency. The 
solution: Dynamic Tonal Compensa- 
tion!'" This circuit (patents pending) 
adjusts speaker response as its sound 
pressure output changes with amplifier 
volume control settings. You hear 
aurally "flat" musical reproduction at 
background, average, or ear -shattering 
discoteque levels -automatically. 

A system for every 
requirement 

FORMULA 2. The most sensitive, 
highest power handling speaker system 
of its size (193/0(12x 111/2):' Heavy duty 8" 
woofer, BICONEX mid range, super 
tweeter. Use with amplifiers rated from 
15 watts to as much as 75 watts RMS 
per channel. Response: 30 Hz to 23,000 
Hz. Dispersion: 120°x120°. $98 each 

FORMULA 4. Extends pure bass to 
25 Hz. Has 10" woofer, BICONEX mid- 
range, super tweeter. Even greater effi- 
ciency and will handle amplifiers rated 
up to 100 watts. Dispersion: 120°x120°. 
Size:25x 13 %x13:' $136 each. 

FORMULA 6. Reaches very limits of 
bass and treble perception (20 to . 

23,000 Hz). Six elements: 12" woofer 
complemented by 5" cone for upper 
bass/lower midrange; pair of BICONEX 
horns and pair of super tweeter 
angularly positioned to increase high 
frequency dispersion (160° x160° ) . 

Size: 261/4 x153xl4M:' $239 each. 
Sturdily constructed enclosures. 

Removable grilles in choice of 6 colors. 
Optional bases for floor standing place- 
ment. Write for brochure A-12. 

Audition today's most advanced 
speakers at your BIC VENTURI dealer. 

BRITISH INDUSTRIES Co., Inc. 
Westbury, New York 11590. 
A division of Avnet, Inc., 
Canada: C.W. Pointon Ont. 

BIC VENTURI' 
Check No. 10 on Reader Service Card 



IHF Receiver and Tuner 
Specifications-Len Feld- 
man gives the latest word. 
Quadra -Direction Discrete 
Compatible Stereo System 
-Fumitaka Nagamura, 
President of N. F. Farrd 
Systems Corp., details his 
firm's entry into multi- 
channel sound. 
Microphones-The Vital 
Link in the Recording 
Chain-Part II of David L. 

Josephson's discussion of 
mic use. 

Equipment Reviews In- 
clude- 
JVC 4VR-5446 Receiver 

Plus- 
All The Regular Features 
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About The Cover: The 
microphone is the subject 
of our editorial coverage 
this month, and we could 
think of no better way to 
illustrate what mics are 
about than to show one 
in use by a really neat 
lady, Helen Reddy. 

Rudloclinic 
Joseph Giovanelli 

Phono Cable Capacitance 
Q. How can one know if he has the 

proper phono input capacitance? My 
turntable has four -foot cables.-Name 
withheld. 

A. Unless you can measure the capa- 
citance of the cables or can measure 
the frequency response of the cartridge/ 
tonearm combination, you cannot know 
the capacitance of your phonograph. 
Even though you know the length of 
cable involved, this information is not 
sufficient. Shielded cable is rated as 
having a certain amount of capacitance 
per foot. 

Assuming that you cannot make the 
necessary electrical measurements, 
write to the manufacturer of your 
phonograph or tonearm and ask for the 
capacitance of the interconnecting 
cables. Also write to the manufacturer 
of your cartridge for his recommenda- 
tions as to the optimum cable capaci- 
tance which should be used with that 
cartridge. 

Static from an Amplifier 
Q. I have a problem with my receiver 

and speakers. I get loud static from one 
speaker after the set has been operating 
for about five minutes. I interchanged 
the speakers at the receiver end of the 
cables. This change resulted in the 
static going to the other speaker. I 
changed speaker connectors and I also 
hooked the speakers up to each of the 
other two speaker outputs with no suc- 
cess. 

Now. I have added a set of small, 
cheap, bookcase speakers. I hooked 
them up to the second set of speaker 
terminals. When playing both speaker 
systems at the same time, the static 
virtually disappears. When I play either 
of the speaker systems by itself how- 
ever, static returns. 

Any suggestions?-Leonard J. Vieira, 
MSGT, USAF, Jacksonville, Arkansas 

A. From the tests you have per- 
formed on your equipment, it is 
obvious that the "static" problem lies 
with your amplifier. The only con- 
clusion I have reached is that the 
feedback loop is involved. When more 
than one speaker is loading down the 
output, feedback is reduced. Hence, 
the "static" is reduced. Perhaps there 
is too much feedback, causing the 
amplifier to be unstable. 

In addition to this problem the 
capacitance involved with high frequen- 
cy roll -off may be defective. 

Microphone Phasing 
Q. Is there a standard phasing of 

microphones as regards pins 2 and 3 of 
a Cannon XLR connector?-Harvey W. 
Kunz, Old Tappan, New Jersey 

A. There is a proposed standard for 
mic phasing, but not all companies 
use it. Pin 2 of a Cannon XLR connec- 
tor will be positive when the diaphragm 
is compressed. There is no way for you, 
however, to compress a mic diaphragm 
in order to check this out. If the in- 
struction manual accompanying your 
microphone states that wiring your mic 
as described therein results in adher- 
ence to the "standard," you can then 
phase all of your other mics to that 
one. If you have a mixer, the "stand- 
ard" mic can be connected to one 
input, and a mic having unknown 
phase connected to another input of 
the mixer. Raise the gain of the "stand- 
ard" mic to a point where you receive 
a significant reading on a VU meter 
when speaking into it. The mic whose 
phasing is not known is held next to 
the "standard" one. You now raise 
the gain of the "unknown" and see 
if the output tends to fall off as you 
raise the gain. If it does, this mic 
you are checking is out of phase with 
respect to the "standard" mic. If, 
instead, the signal constantly increases, 
the two mics are in phase. 

It is more important to have all of 
your mics in phase than to have them 
adhere to a standard. Therefore, if you 
do not have a mic known to conform 
to the "standard," take any mic at 
random and consider it to be the 
"known" one. Then check phase from 
this mic to all others. If you have a 
number of mies, make phase compar- 
isons at random. If you find that most 
of your mics are in phase, but a few 
are not, consider that the group of 
mics having the greatest number in 
phase will be YOUR standard. The 
few which are of the opposite phase 
can then be wired to conform to the 
majority. As you buy more mics, check 
them out for phasing. 

Be sure that all of your extension 
cables are correctly wired, or you could 
well have misleading results. An Ohm- 
meter check will determine the correct- 
ness of these cables. 
Light and Heavy Tracking Force 

Q. Can you tell me the advantages 
or disadvantages of higher or lower 
stylus force?-Jim Spellmeyer, Affton, 
Missouri 
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When two loudspeakers sound 
different, at least one o them is wrong. 

Maybe both. 

Unpleasantly Distorted Reproduction 

Which is better : the Rectilinear III, at $299, 
or a comparably priced but totally different -sounding 
speaker by another reputable manufacturer? 

The ready answer to that question by a nice, 
clean -living salesman or boy-scout hi-fi expert is: 
"It's a matter of taste. Whichever you prefer 
for your own listening. They're both good." 

We want you to know how irrespon- 
sible and misleading such bland advice is. 

Think about it: 
A loudspeaker is a reproducer. The 

most important part of that word is the 
prefix re, meaning again. A loudspeaker 
produces again something that has 
already been produced once. 
Not something new and different. 

Therefore, what it correctly 
reproduces should be identical to the 
original production. And identicalness TheTruth: Undistorted Reproduction that electrostatics 
isn't a matter of taste.are inherently superior 

For example, it isn't a matter of taste whether to conventional speakers in producing an output that's 
the body shop has correctly reproduced the original identical to the input. This superiority is due to scien- 
color of your car on that repainted fender. Nor is it a tifically verifiable characteristics, such as flatness of 
matter of taste whether your mirror correctly repro- frequency response and low time delay distortion. 
duces your visual image. Is the reproduction identical The trouble is that electrostatics create tre - 
to the original or isn't it? mendous problems with amplifiers, have difficulty 

Okay. We know. The ear is less precise than the playing really loud without distortion and are also 
eye. And in the case of loudspeakers, it's usually im- somewhat deficient in.bass. But-they're accurate, 
possible to compare the reproduction and the live undistorted "mirrors" of sound. 
original side by side. Furthermore, the speaker is only The Rectilinear III is the first successful 
a single link in a whole chain of reproducers. But these attempt to give you this electrostatic type of sound in 

a conventional speaker without any of the above 
problems. 

It allows you to hear what composers, 
musicians and record producers have created 
for you and not what some speaker 
manufacturer thinks will please you. 

So, next time you're in a store 
and you hear another $299 speaker 
that sounds different from 

Rectilinear ours, you'll have an idea floor-standinlg 
which of the two is wrong. speaker 

And which is 
(6 arivcross 3 -way 

the one to buy. 

Seductively Distorted Reproduction 

problems only complicate the matter without chang- 
ing the basic principle. The reproduction is either 
right or wrong. Two different -sounding reproductions 
can't both be identical to the original. 

The common fallacy is to call the reproduction 
wrong only when it's obviously unpleasant ( fuzzy or 
shrieky highs, hollow midrange, etc.) . But what 
about a pleasingly plump bass, lots of sheen on the 
high end, and that punchy or zippy overall quality 
known as "presence"? Equally wrong. And, because 
of the seductive "hi-fi" appeal, much more treacherous. 

To glamorize the original that way amounts 
to having a built-in and permanently set tone control 
in your speaker. For some program material it can be 
disastrously unsuitable. Like the funhouse mirror 
that makes everybody look tall and thin, it's great for 
short and fat inputs only. 

At Rectilinear, we design speakers to approach 
facsimile reproduction of the input as closely as is 
technologically possible. We restrict the "taste" factor 

to twiddling the tone controls 
of our amplifier in the 
privacy of our home. Not 

:n our laboratory. 
The Rectilinear III 

is our best effort to 
date in this direction. 

And our inspiration 
for it was a totally 
different andrather 
impractical design : 

the full -range 
electrostatic speaker. 

Any serious audio 
engineer will tell you 

RECTILINEAR 
Rectilinear Research Corp., 107 Bruckner Blvd., Bronx, N.Y. 10954 

Canada: H. Roy Gray Limited, Ontario 

Check No. 39 on Reader Service Card 
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For Professional Performers 
Please send complete information on 
the BOSE 800 to: 

Name 
Address 
City State Zip 
Return to BOSE Corp. The Mountain, 
Framingham, Mass. 01701 Dept.OA P 

Now...the most enjoyable, 
do-it-yourself project of your 

life-a Schober Electronic Organ! 

You'll never reap 
greater reward, more 
fun and proud 
accomplishment, more 
benefit for the whole 
family ,than by 
assembling your own 
Schober Electronic Organ. 
You need no knowledge of electronics, woodwork 
or music. Schober's complete kits and crystal- 
clear instructions show you - whoever you are, 
whatever your skill (or lack of it) - how to turn 
the hundreds of quality parts into one of the 
world's most beautiful, most musical organs, 
worth up to twice the cost of the kit. 

Five superb models, with kit prices from $500 
to around $2,000, each an authentic musical instru- 
ment actually superior to most you see In stores. 

Join the thousands of Schober Organ builder - 
owners who live in every state of the Union. Often 
starting without technical or music skills, they 
have the time of their lives-first assembling, then 
learning to play the modern King of Instruments 
through our superlative instructions and playing 
courses. 

Get the full story FREE by mailing the coupon 
TODAY for the big Schober color catalog, with 
all the fascinating details! 

The Jefree i Organ Corp., Dept. AE -49 
43 West 61st Street, New York, N. Y. 10023 

Please send me Schober Organ Catalog. 

3 Enclosed please find $1.00 for 12 -inch L.P. 
record of Schober Organ music. 

NAME 

ADDRESS 

CITY _.STATE ZIP 

Check No. 24 on Reader Service Card 

A. The lower the tracking force the 
better, up to a point. The more force 
which is required, the greater the 
amount of wear on a record. The 
record must move the stylus back and 
forth rapidly. As tracking force in- 
creases, the disc must do more work 
in order to produce this stylus motion. 
Further, the friction of the stylus 
against the groove walls will increase. 
This friction will add to the wear 
problem. 

There are many factors which can 
influence the minimum recommended 
tracking force of a cartridge. It would 
be difficult to specify all of them. The 
stylus assembly must be flexible, 
readily movable by the undulations in 
the grooves. At the same time the 
assembly must be rigid enough to 
withstand reasonably rough handling. 
These two factors are mutually exclu- 
sive. The mass of the tonearm is also 
involved. If the arm is too massive, 
more force will be required to push it 
along, with the result that more track- 
ing force must be used. The friction 
of the bearings of the tonearm must 
be taken into account. To some degree, 
the amount of modulation impressed 
on the disc determines the minimum 
force which can be used. Thus, while 
there is an advantage in tracking a 
disc at its minimum practical force, 
it is possible to track a disc too lightly. 
When tracking too lightly, contact 
between the stylus and groove walls 
will be intermittent. The stylus will 
slam into the walls. Wear will be 
added over what would occur when 
using heavier tracking force, once the 
force has fallen below this minimum. 

It is not difficult to tell when 
tracking is too light. The distortion 
is obvious, especially when listening 
to loud musical passages. 

There are various aids to help you 
track your discs as lightly as possible, 
but still be above the minimum which 
will keep groove contact from becoming 
erratic. The manufacturer of your tone 
arm and of your cartridge will provide 
some general guide lines. Force gauges 
are available which will allow you to 
measure the force. There are some test 
discs which are designed to let you 
know when you are tracking too lightly. 

Note 
I just want to take this opportunity 

to wish each of you the most joyous 
of Holiday Greetings. 

If you have a problem or question on audio, 
write to Mr. Joseph Giovanelli, at AUDIO, 
134 North Thirteenth Street, Philadelphia, 
Pa. 19107. All letters are answered. Please 

enclose a stamped self-addressed envelope. 
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OC nci'ng 
Horizons 

When a revolutionary new principle re-creates the 
ex,iterrent and grandeur of an original performance 
wick a :lardy and power you've never experienced 
before, technical arguments are unnecessary. Now, as a 

companion to the amt -1 ESS introduces the amt -3 "rock 
rionito-", a speaker system that mates the unequaled 
fieil air -motion transformer to a unique "power burst 
array.' low frequency system for super -tight, 
impact ul bass. 

The ESS amt -3 recreates the swift attack -time impact 
pLnch of an actual performance. You can't appreciate 
what h gh acceleration in a loudspeaker system really 
im;ans until you experience the incredible transient 
'immediacy of the ESS amt -3. The ESS amt -3 lets you 
'break clear of the slow accelerating drive in conventional 
systems and expands high fidelity horizons into new 
areas of accuracy. 

And new the dramatic ESS amt -3 and original amt -1 Heil 
ai --mo:ion transformer speakers can be matched to the 
new ESS model 200 stereo power amplifier. The elegant 
strung and outstanding performance of the ESS model 
200 sr.rpass demands of even the most critical instal- 
a:ions,. Don't be bogged down with yesterday's sound 
wien these components light the way to tomorrow. Step 
nfo the future with confidence at your ESS dealer. 

"cab 
(0,JrIC C s ciPcr C s light 

CakÌÌÌc_ 9,513 oate; scicrGrnenlo, u.r 95827 
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1831 J St 
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533 W. Addison St. 
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685 S. Pearl St 
Denver CO 84:209 
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3915 Sawrr I Fun Blvd. 
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410 E. Evergreen Rd. 
Lebanon PA 17042 

New York E=ferric 
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145 East 42nd St. 
New York NY 10010 
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Hampton VA ?3366 

Transcendensal Audio 
1214 Welder Ave. 
Buffalo NY 1.211 

Tripod Audi.. 
219 Main St. 
Northampton SIA 01060 

Jnwersits 5mr.o 
57 E Ridgewood Ave. 
Ridgewood JJ 07450 

dickers Audio 
426 E Main 31. 

Sarrboro NC 27510 

QUINTESSENCE G'Rl)(1P 
11626 NORTH C STREET 
.SACRAMENTO,CA 95814 

Tape Guide 
Herman Burstein 

Demag After Playback 
Q. / would like to know whether the 

heads on a tape deck require demag- 
netizing, even though I don't do any 
recording. And if they do, after how 
many hours of playback? Do playback 
heads ever wear out? How does one 
know when they need replacing?-Jerry 
Meslin, Miami, Florida 

A. The asymmetrical audio signal 
presented to the playback head in 
effect contains a d.c. component, which 
tends to magnetize the head. Therefore 
periodic demagnetization of the heads 
is ordinarily recommended, generally 
after about eight hours of use. At 
least one manufacturer, however, has 
recommended less frequent demag- 
netization. 

Playback heads do wear out. How 
soon depends upon the quality of 
the head, the nature of tape tension 
(whether pressure pads are used), and 
quality of tape (how abrasive). Under 
the best of conditions, a conventional 
playback head may last 2,000 to 3,000 
hours before its gap widens to the 
extent that treble response deterio- 
rates significantly. Some recent heads 
claim a much longer life. 

Amp Overload with Tape 
Q. When / use my turntable as a 

source, the music sounds quite clear all 
the way to maximum volume. But 
when the same record has been recorded 
and is played back through my tape 
deck, the music becomes quite distorted 
at half volume. This is especially so in 
the lower and mid frequencies. Also, for 
the turntable volume to equal that of 
the deck at the 9 o'clock position, the 
volume control would have to be set 
about the 12 o'clock position. Is my 
tape deck faulty?-Jeffrey Peace, Marys- 
ville, California 

A. From your description, your tape 
deck produces considerably more 
signal than your turntable, inasmuch 
as the turntable produces as much 
volume at 12 o'clock of the volume 
control as the deck does at 9 o'clock. 
Hence when you turn the volume up, 
it appears that you are overloading 
your audio system on the tape signal. 
Offhand, it does not appear that there 
is anything wrong with your tape 
deck. On the other hand, there might 
be some very low -frequency wow 
produced by the deck which tends to 
overload your audio system, causing 

distortion. Or the deck might have 
excessive bass boost, again resulting in 
a tendency to overload at high volume. 
See what happens if you adjust the 
output volume of your deck so that at 
9 o'clock you obtain the same signal 
level on both tape and disc. If your 
problem doesn't then disappear, your 
deck may have a fault such as I have 
described. 

Speed Conversion 
Q. I have a model 7030 TEAC half- 

track machine. It comes from the factor)) 
set for 71/2 and 15 ips, and I wish to 
convert to 33/4 and 71/2 ips. Other than 
changing the capstan drive shaft, will 
it be necessary to have a bias adjust- 
ment?-Gus. W. Thomasson, San Luis 
Obispo, California 

A. It will probably be necessary to 
change the bias. In order to obtain full 
treble response, manufacturers generally 
employ somewhat less bias than that 
which achieves minimum distortion. 
In other words, at 71/2 ips the bias 
adjustment tends to represent a com- 
promise between minimum distortion 
and extended treble. However, at 
15 ips, such a compromise is little if 
at all necessary; bias can be adjusted 
for minimum distortion while maintain- 
ing treble response through the audio 
range. At 33/4 ips, it becomes all the 
more necessary to retreat from the 
bias producing minimum distortion, so 
that adequate treble response can be 
maintained. Consult the manufacturer 
for information on the specific changes 
in bias required in going from the 
faster speeds to the slower ones. 

Let me add that in changing speeds, 
it will also be necessary to change 
record equalization, and it's probably 
desirable to change calibration of the 
record level indicator. And it will be 
necessary to change the playback 
equalization for the 33/4 ips speed 
(playback equalization is the same for 
71/2 and 15 ips). 

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

AUDIO, 134 North Thirteenth Street, 
Philadelphia, Pa. 19107. All letters are 
answered. Please enclose a stamped, self- 
addressed envelope. 
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A Perfect 
Gift for 

Giving 

A 
ubscript ion 
o AUDIO 

Looking for the perfect gift for the hi-fi/stereo 
enthusiast in your life? Then give Audio . . . 

the gift that will be remembered all year 
through. 
Now save money on multiple gift subscriptions 
to Audio. Order your first subscription at the 

money -saving rate of $ 6.00 . . . and 

pay just $ 3 . 00 for each additional sub- 
scription. That's a $3.00 saving on each gift 
subscription! 
Give the gift that's special-and save money 
when you buy two subscriptions or more. 

And your present subscription may be renewed or extended 
at these special holiday rates. 
For the personal touch that says you care, give Audio this 
Christmas. With each gift subscription, we will send a 

leautifully engraved gift card telling who the gift is from. 
ake advantage of this special holiday offer by filling in 
ie attached order form and mailing it today. 

SPECIAL CHRISTMAS ORDER FORM 

Total number oz' persons receiving gift subscrip- 
tions in your entire order E 
First subscription $6.00 and each gift subscription 
at $3.00 per year to the following: 

E One year E Two years 
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City State Zip 
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City State Zip 

One year Two years 
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City State Zip 

E On year Two years 
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Address 

City State Zip 

Gift card should read from 

Send bill to: 

Name 

Firm 

Address 

City State Zip 

Please renew my subscription for 
E 1 year $6.00 
E 2 years $10.00 



Audio ETC 
Edward Tatnall Canby 

Four for Everything 

'Way back last spring, I had a tem- 
porary experience that I have to 
describe to you. In fact I did, but the 
whole thing got put aside. And so 
here we go again. I found myself, all 
of a sudden, back on two speakers. 
And I didn't like it. 

Not voluntarily mind you. I had 
every intention of listening to every- 
thing via four speakers from thence 
onward until doomsday. I am by now 
wholly adjusted to four-way sound 
for all listening, even mono broadcasts. 
And by last spring I was so accustomed 
to it that the very idea of trying out a 
good old-fashioned two -speaker set-up 
would not have occurred to me. Then- 
my quadraphonic amp conked, with no 
warning. All of it. Total silence. Now 
if there's anything I can't stand for 
long, it's total electronic silence. I 

fear I have joined the audio fraternity 
in this respect, for better or worse. So- 
what? Back to stereo! Out with some of 
my old familiar equipment. 

It was, I assure you, a most unex- 
pected jolt, such as I wouldn't have 
believed. Phew! Only two speakers, 
both of them in the front of my room. 
After so long, I found this effect 
strangely unfamiliar and inadequate. 
I was really disturbed. The whole 
thing was so lopsided. All the music 
pushed over into one end of the room. 
Even when it was loud, it somehow 
seemed impotent; I kept turning it up 
too high. I was accustomed to the more 
gentle persuasiveness of four speakers, 
for more impact at less volume. Stereo 
was strident; quadraphonic purrs. The 
"dead" half of the stereo room really 
began to bother me. No speakers there! 
The rear of my listening space sort of 
dragged itself along, speakerless, like 
a dog with its hind legs out of com- 
mission-ugh. All sorts of nasty things 
kept coming to mind. No-I did not 
enjoy my return to stereo. 

The fact is that four surrounding 
speakers, given a minimum of dif- 
ferentiated sound, are more versatile, 
more flexible, capable of a much wider 
variety of sound impacts, than any two - 
speaker system, however hi the fi. The 
four-way surround speaker set-up is a 
basic advance in home listening over 
stereo, as stereo was (most of us will 
now admit) over mono. That is the 
big message that dinned itself into me. 
Astonishing. 

But let me go back a bit. Things 
happen so fast. Before it conked, my 
four-way amp was one of those big 
single -unit "receivers," all of a piece, 
and it came from the matrix side of the 
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quadraphonic fence, equipped with the 
then -new logic SQ decoder. I had 
been listening to SQ-type discs via this 
machine for some time-it was there, 
they were there; what better reason. 
Also everything else, including weather 
reports and the news. I duly reported to 
CBS that, unaccountably, my SQ news 
broadcasts were playing tricks on me. 
Invariably, the announcer's first syllable, 
in every sentence, came from the back 
speakers. But just as invariably, the 
next syllable came from in front. Odd! 
Perfectly intelligible, of course, but a 
quadraphonic side -effect I had not 
quite counted upon . . . (Note: my 
newest "three -chip" SQ logic decoder 
no longer performs this curious func- 
tion. The newscaster stays put very 
nicely.) 

CD -4? At that point, nobody had been 
kind enough to pass me a CD -4 demod- 
ulator, though RCA's discs had been 
coming in month after month. They 
got played, natch, via SQ. What else! 
Sounded nice, too. Then Elektra 
Records, which had just taken on the 
CD -4 system, offered me a nice new 
JVC demodulator. Excellent! In no 
time I had it plugged into the big 
quadraphonic machine (this was before 
it conked, you see . . .), the output 
going into the four "discrete" inputs 
handily provided at the rear. Even with 
RCA, so to speak, feeding Columbia, 
I figured it ought to work. It did. And 
so I was set for my first truly home 
experience with the discrete disc sys- 
tem, which until then I had heard 
only at numerous public demos. The 
Audio-technica cartridge, already in 
use in my system, picked up the 30 
kHz carriers nicely, the red JVC signal 
"radar" went on and the music poured 
out. Great! Just superb, without so 
much as a minute of adjustment-it 
simply worked, straight off. How's 
that? 

To be sure, the sound seemed a 
wee bit less discrete than I had hoped. 
But then, after all, ads are ads and we 
should expect a bit of a minus. So I 

quickly forgot that small feeling and 
proceeded to play straight through my 
modest pile of RCA Quadradiscs (this 
was before Elektra hit the market) one 
after another. I was happy. Like driving 
a brand new car first time around the 
block. But that was before I had dis- 
covered what I now must disclose. 

It seems that my amplifier selector 
switch had been screwed tight at a 
wrong position. I hadn't noticed. I 

became aware of this when, one day, I 

was too lazy to get out my magnifying 
glass, lean over double, and read the 
fine print under the switch. Instead, 

I switched by ear-counting clicks. 
HEY! Wrong number of clicks. The 
thing was one position off its base. In 
an instant the ghastly truth hit me. 
When the switch said DISCRETE it 
was actually on SQ. I had been sending 
my entire "discrete" record collection 
through the SQ decoder, after demodu- 
lation via CD -4. And so I had me a 
gorgeously improbable sound, SQ logic 
working away upon a demodulated 
RCA signal! That accounted for my 
tiny little feeling that something was 
vaguely less discrete than I had hoped 
for in all those lovely RCA discs. It 
also, I trust, shows you how persuasive 
any four -channel sound can be, given 
a good recorded performance, well 
m icrophoned. 

It was soon thereafter that this big 
amplifier conked on me. Why? One 
theory you can guess. Acute hysteria 
due to RCA/CBS confusion. 

Another more rational theory was 
that perhaps the ultra -wide -range 
Audio-technica cartridge was throwing 
a blast of unaccustomed supersonics 
into the four amp channels, via the 
preamp. Worth a thought, though my 
reasoning tells me this wasn't the case 
in my case. Solid-state circuitry these 
days is nicely transparent to super- 
sonics, even if your ears can't hear 
them, and one of these new CD -4 
capable cartridges could, conceivably, 
send a really healthy micro -wallop 
straight into your system up in the high 
Hertzes. If the preamp doesn't blow, 
then the amplifier might object with an 
inaudible squawk of horror, not to 
mention the tweeters, if all else holds 
firm. JVC has a feed -through position 
on its demodulator, sending the pickup 
signal straight into the two -channel 
preamplifier for standard stereo sound. 
Is there a filter somewhere en route? 
Seems to me there ought to be, these 
days, for safety. Worth a review, I'd 
say, of all present and contemplated 
playback equipment. The new CD -4 
cartridges do send through the high 
stuff whenever it is there and they 
might indeed do damage or contribute 
to overloading. 

Well, what actually happened to 
my amplifier was much simpler. We 
had an electric storm. Power went out. 
When it came back-no amp. Some sort 
of power surge and probably a healthy 
bolt of lightning (in spite of all my 
puny precautions). Act of God, I calls 
it. 

And so, for weeks on end, until I 

went off on a vacation, I was limping 
along on two lonely speakers in "ordi- 
nary" stereo, like a four -cylinder buggy 
with two cylinders gone. Believe me, 
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What makes Evolution One sound so good 
are all the speakers which 
are supposed to 
sound so much better. 

Some honest talk about 
a new speaker and its non - 
revolutionary advances. 

s the world ready for a non - 
revolutionary speaker? 

We think the serious liistener 
might be. Beh nd the develop- 
ment of Evolution One is the 
same philosophy that has made 
Sherwood a leading name in 
receivers. 

We've deliberately not sought the 
sensational breakthroughs. 

We put the emphias s on refining 
technology which currently 
exists. Refining, perfecting, 
evolving the state of the art. 

Our design engineer. 

Great design only comes from 
great designers. 

Which is why our Director of 
Loudspeaker Design and 
Research, Charles L. McShane, 
is an important factor in the 
development of this new speaker. 

He has spent over twenty years 
in research and design of 
loudspeakers. With the top 
manufacturers in the industry. 
His design credits include some 
of the best selling acoustic - 
suspension speakers now on the 
market (several are considered 
standards of the industry). 

Equally important, he believes, 
as Sherwood always has, in 
design simplicity. 

No tricks. No gimmicks. 

You will find Evolution One is the 
essence of simplicity. 

A two-way loudspeaker system 
utilizing a 10 -inch woofer and a 
1.3 -inch tweeter. It is an acoustic 
suspension design. 

While the design is fundamentally 
simple, the execution involves a 
variety of techniques which 
cumulatively produce a 
remarkable sound. 

Just how good is it? 
You'll be surprised. Especially 
when you pit it against speakers 
three and four times higher 
in price. 

It has an extraordinary wide 
range. Low distortion at all 
frequencies. Wide dispersion. 
And uniform flat response. 

In fact, its low frequency output 
and distortion are better than any 
speaker system we know of for 
home use. 

The one revolutionary feature. 

We have priced the Evolution 
One speaker at under $100. 
When you hear how it sounds, 
you'll know why we think that it 
offers the outstanding 
performance -per -dollar we're 
famous for. 

Write us for complete informa- 
tion, and the list of selected 
Evolution One loudspeaker 
dealers. 

Sherwood Electronic Laboratories 
Loudspeaker Division 
4300 N. California 
Chicago, Illinois 60618 

e1C1ud011 one 
Another best buy from Sherwood 

Check No. 44 on Reader Service Card 



The QUAD 
Electrostatic was the 
first full range elec- 
trostatic loudspeaker 
produced commercially 
and is still the standard by which all others 
are judged. Using closely coupled moving 
elements some two hundred times lighter 
than the diaphragms of moving coil loud- 
speakers and being entirely free of cabinet 
resonances and colouration, this loud- 
speaker overcomes the usual major prob- 
lems of loudspeaker design and provides 
remarkably natural reproduction of sound. 
This explains why the QUAD electrostatic 
loudspeaker is used by broadcasting and 
recording organisations all over the world, 
in applications where quality is of prime 
importance, and as a standard of refer- 
ence by the majority of loudspeaker 
manufacturers. 

QUAD for the closest approach to 
the original sound. 

QUAD 
is a registered trade mark 

For details of your nearest dealer 
write to Acoustical Manufacturing Co. Ltd., 
Huntingdon PE17 7DB, England. 

Check No. 2 on Reader Service Card 

it's true. And not even the superb 
sound of the Crown 150 two-way 
amplifier system, pressed back grate- 
fully into service, was enough to 
compensate for the lack of the other 
pair of speakers. That's how it was. I 

figure that in a few years' time all of 
us will begin to feel this way when we 
are reduced to a mere two speakers. 
Don't we feel it right now when we have 
to play through one living room speaker 
in mono? Sure, you can listen! But 
there is simply more information avail- 
able, more aliveness, more versatility, 
in the quadraphonic array. You'll see. 
We'll learn. 

Microstatic 
So now I'm back in quadraphonics 

again, to my great relief. And I must 
add a postscript here that applies to 
all my four-way sound, whether mono, 
SQ or CD -4 or even home -recorded 
Canby -discrete via tape. Those four 
speakers. Just about this same time I 

got my first set of four identical units 
(I had previously used somewhat 
differing pairs, as most of us have to 
for awhile). These were the new Micro - 
statics, full -range units incorporating 
a new version of the earlier wide - 
dispersion Microstatic add-on tweeter 
system to give a complete hemisphere 
of equal highs out in front, both side- 
wise and up-and-down. Wide-angle 
dispersion in two dimensions. 

Since we've already run detailed 
profile information on these units, 
I'll only say that for my ears, unaided 
by measurements, they are excellent 
quadraphonic speakers, rather gentle, 
not really the hard, big-bang sort good 
for rock music, but excellent for a 

four-way blend in a nice living room 
environment and plenty loud enough 
too. What is really interesting in them 
is that special dispersion of the highs, 
which works out to be extremely use- 
ful. 

The tweeter array is zany; it sticks out 
in front of the box (and is covered by 
several alternatively shaped fancy 
grille covers, guaranteed not to collapse 
when you lean against them). It has to 
stick out, in order to get its extremely 
wide dispersion. That's the trick. It 
works. With four of these, you get a 
smoothly uniform spread of sound 
from any point within the listening 
area, no matter where you are-as you 
move, you are astonishingly unaware 
of the individual speakers. No "beams" 
to walk in and out of. No special best 
spots. This is definitely all to the good 
and highly desirable. 

But the nicest feature of the Micro - 
statics, to my mind, is the separate 
level control for the front -facing tweeter 
unit (there are a number of tweeter 
cones, combining their coverage for 
the ultra -wide even spread). Turn 
this down, and you "blunt" the front of 
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your sound hemisphere, the sides 
remaining intact. The volume is less. 
straight out in front, than it is off to 
the sides. You use this unusual feature 
if you habitually find yourself too 
near one speaker, hearing it too 
noticeably above the others. With the 
front turned down in this way, you can 
be right next to the speaker and still 
not hear its highs separately-unless 
you lean over and stick your ear almost 
into it. Amazing. And yet, via the 
continuing side dispersion at normal 
volume, your over-all room balance 
remains intact in the rest of the listening 
space. Simple and very ingenious, I 

say, and good thinking. 
In view of prevailing arguments con- 

cerning methods of sound dispersion 
in the listening room, it's worth noting 
that these Microstatic speakers do not 
depend on reflected sound for their 
smooth, any -place -in -the -room blend. 
Wherever you may be, you receive 
direct signals from all four speakers, 
radiated equally over the hemisphere 
of space in front of each. Stereo (and 
quadraphonic) theory is clear enough: 
the stereo effect itself, whether by two 
channels or four, depends on interaction 
at the ears between signals set apart in 
space and coming from different direc- 
tions. Reflected signals are less desirable 
than direct, simply because the more 
they are reflected, the more diffuse 
and, hence, uncontrolled is the stereo. 
A pleasant blur. Room reflection is, of 
course, an inevitable part of our lis- 
tening and we allow for it in the art of 
recording; but it is never more than a 
passive drag on the controlled, intended 
stereo interaction. Real stereo-real 
quadraphonic-comes from direct - 
line hearing, speakers straight to ears. 

Four channels, surrounding the lis- 
tener (to get back to where I started), 
offer a factually greater control of the 
listening space than two. Active sound 
sources all around, and no passive rear 
area, merely reflecting what's up front. 
Six simultaneous stereo "pairs" instead 
of only one. (Front, rear, left side, right 
side, two diagonals.) And all working 
simultaneously. The more we keep 
these interacting signals direct and 
uncluttered by reflection, the stronger 
will be the quadraphonic impact. That's 
why I favor the sort of direct -line 
dispersion offered by the Microstatic 
speakers, as well as by other speaker 
systems of a similar design philosophy. 

.. So you like your old two -channel 
stereo sound? OK! Fine! You are by 
now wholly used to it, comfortable with 
it, tuned to it; you have learned to 
read it. One does have to learn, you 
know. It has taken you a long time, 
though maybe you haven't even noticed. 
I'm only telling you that the same is 

likely to happen when you shift to four. 
For everything. 
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If it doesn't say Hitachi on the receiver, 
it won't say three years on the warranty. 
The last thing you look at in a stereo receiver should be one of the first. 

If you're like most people, you never glance at your 
receiver's warranty until you get the set home. 

Which could be unfortunate, since a major repair 
could be a major expense. (Funny how people always 
ask about price, but not about repairs.) 

But you don't have to worry when you buy a 
Hitachi receiver. Because Hitachi gives you one of the 
longest warranties in the industry: three years, parts 
and labor, with a five year guarantee on the transistors. 

Frankly we can give such a warranty because we 
don't expect you to use it. That's because almost every- 
thing that goes into a Hitachi is made by Hitachi-to 
our standards, not to some sub -contractor's. 

This holds true even for our most modestly priced 
receivers. Like the Hitachi SR -5200 shown above. 

It gives you 20 watts of power per channel (RMS 
at 8 ohms), along with such features as dual meters for 
more accurate FM tuning, and four -channel speaker 
matrix connections. 

Incorporated into it are Hitachi -developed LTP 
(Low Temperature Passivation) transistors which 
reduce amplifier noise to practically nil. 

Not shown is the lower -priced Hitachi SR -3200, 
identical in every way to the SR -5200 except it gives 
you one tuning meter and 13 watts of power per 
channel-so the sound won't overwhelm you in a 

small room. 

Like all Hitachi components, the SR -5200 and 
SR -3200 produce rich, clear, true sound. 

0 
Hear the complete line of Hitachi Maxi -Fi compo- 

nents, priced to $600, at your Hitachi stereo dealer's. 
Or for more information, write Dept. A-6, 
Hitachi Corp. of America, 48-50 34th Street, 
Long Island City, N.Y. 11101. 

Quality always comes first at 

HITACHI 
MEMBER 

I 
INSTITUTE OF 

INf FIDELITY 
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Behind The Scenes 
Bert Whyte 

THE AUDIO ENGINEERING SOCIETY 

must have influence in "high 
places." The annual New York 

convention of the Society was held 
earlier than usual this year, settling in at 
the Waldorf-Astoria on September 10th, 
and just missing a steamy, debilitating 
10 -day heat wave, with its concomitant 
power brown -outs. 

This 46th convention of the Society 
was the third and final one of the 
year, a fact that was greeted in certain 
quarters by sighs of relief. For the 
doughty technicians and engineers of 
the various exhibitors, charged with the 
responsibility of setting up a properly 
functioning display and then tearing 
down and repacking everything, it has 
been a "long, long trail a -winding" 
from Rotterdam, to Los Angeles, to 
New York. 

As usual, the Grand Ballroom of the 
Waldorf was jam-packed with every 
conceivable kind of audio equipment. 
Some of the gear had been seen at the 
earlier conventions . . . after all, one 
doesn't design a new mixing console 
every other day! But there were plenty 
of interesting new items. DeWitt Morris 
of United Recording Electronics Indus- 
tries was on hand to show us the pro- 
duction models of their Electronic 
Crossover Systems. These are active 
crossover networks on plug-in cards. 
Crossover frequencies are continuously 
tunable ... the 521-L from 200 Hz to 
2 kHz, and the 521-H from 1 kHz to 
10 kHz. Filter characteristic is 2 -pole 
Butterworth yielding 12 dB per octave. 
The cards plug into either the 521-P 
chassis with internal power supply or 
the 521-E for external powering. Cards 

can be combined so as to give bi -ampli- 
fication, tri -amp (3 -way), or four-way 
amplification. There is currently a 
revival of interest in multi -amp speaker 
systems. Many people are experimenting 
with exotic low frequency systems, such 
as transmission line, corner horn huge 
infinite baffles with 24- or 30 -in. drivers 
or outsize acoustic suspension systems. 
These are being combined with various 
electrostatic and dome -type tweeters. 
The various levels of efficiency between 
the low and high frequency units 
dictate bi- and tri -amplification and 
hence the need for a good electronic 
crossover network. I expect to have one 
of these new UREI units before long, 
for use in some fairly exotic speaker 
configurations I have been pondering 
for some time. 

Two new tape machines in the 
"advanced audiophile"/semi-profes- 
sional category made their debut at the 
convention. One from Revox was the 
long-awaited successor to their A-77 
model. The machine had arrived just 
a few days prior to the show and there 
wasn't even literature available, so 
details are a bit sketchy. It has a very 
advanced servo -motor drive system 
which I gather is of the crystal -con- 
trolled reference oscillator type. A 
"fail-safe" logic tape -handling system is 
a feature as is an integral four input 
mixer. The tape drive is of the closed - 
loop type. There are much larger VU 
meters than on the A-77 and I believe 
there are peak "hold" facilities. While 
the present machine is available in 
quarter- and half-track stereo in normal 
and high speed (71/2/15 ips) versions 
(there is no quadraphonic unit as such), 

it would appear that conversion to this 
format at some time in the future could 
be easily accomplished. The new Revox 
is expected to cost around $1,800, and 
as soon as we get more details and/or 
a unit to play with, we'll bring you up 
to date. 

The other new tape machine is the 
British -made Ferrograph Super Seven. 
This 101/2 -in. reel machine has a host 
of features, some of them quite unusual. 
It is a three-motor/three-speed/three- 
head unit with variable speed on fast 
forward and rewind to eliminate over - 
tight tape wind. It has, of all things, 
electronic editing! To quote Ferrograph, 
"no clicks, no pops, new material 
replaces old without annoying bias 
transient noises." If this is what I think 
it is, this would seem to be a "first" in 
an audio tape recorder. Heretofore, 
electronic editing has been found only 
in super -expensive video tape machines. 
Among other goodies, there are push- 
button bias readings, automatic demag- 
netization of tape heads, and this I 
have to see . . . endless -loop cassette 
facilities! To further gild the lily, 
Dolby B -Type noise reduction is 
optionally available for a nominal $125. 
The Ferrograph Super Seven is avail- 
able in quarter- and half-track stereo at 
1'/8, 33/4, and 71/2 ips, or in the high speed 
version 33/4, 71/2 and 15 ips at no extra 
charge. Price with Dolby B is $1075.00. 

Speaking of Dolby, at their booth 
Ray Dolby showed me his new Cinema 
Equalization unit. Dolby noise reduc- 
tion for use with motion picture optical 
tracks is an ongoing thing. It is a 
project which takes time, but new 
developments are hastening the day 
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A cartridge in a pear tree. 

A gift of the Shure V-15 Type III stereo phono cartridge will earn you the 
eternal endearment of the discriminating audiophile who receives it. What 
makes the V-115 such a predictable Yuletime success, of course, is its ability 
to extract the real sound of pipers piping, drummers drumming, rings ring- 
ing, et cetera, et cetera. Stereo Review, in a test repoirt that expressed more 
superlatives than a Christmas dinner, described the performance of the V-15 
Type Ill as "... a virtually flat frequency response ... Its sound is as neutral 
and uncolored as can be desired." All of which means that if you're the giver, 
you can make a hi-fi enthusiast deliriously happy. (If you'd like to receive it 
yourself, keep your fingers crossed!) 
Shure Brothers Inc. 
222 Hartrey Ave., Evanston, III. 60204 
In Canada. A, C Simmonds & Sans Ltd. 

Check No. 54 on Reader Service Card 
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when Dolby encoded prints will be 
industry standard. The object of Dolby 
noise reduction with film is not an 
improvement in the signal-to-noise 
ratio in the movie house as audience 
noise would swamp the 10/15 dB Dolby 
reduction. For many years motion 
picture sound tracks have been saddled 
with restricted frequency bandwidth. 
There exists the "Academy" or Cinema 
Equalization Curve, which is supposed 
to give a bandwidth on optical tracks 
from 50 to 7500 Hertz. In actual prac- 
tice, they are lucky to get 80-4000 Hertz. 
The reasons are numerous, a combina- 
tion of the optical recording process, 
the type of film stock, and film develop- 
ment techniques. Even with modern 
film stocks of fine grain, high resolution, 
and super high acutance developing 
chemicals, the cumulative noise still 
restricts the bandwidth. The use of 
Dolby noise reduction allows optical 
tracks to achieve a frequency response 
from about 40 to 10 kHz. This gives a 
less distorted, far cleaner sound with 
better articulation in dialogue, more 
natural sounding music, and more 
dramatic special effects (low frequency 
cannon fire in battle scenes, more 
realistic thunder). The print must be 
released in the Dolby "compressed" 
(encoded) state and in the theater 
played back (expanded, decoded) 
through the special Dolby Cinema 
noise reduction module. Of course, 
most theater sound systems are set up 
for the old Academy curve. The purpose 
of the new Dolby equalization module 
is to adjust the theatre sound system to 
the characteristics of the Dolbyized 
optical tracks. According to Ray Dolby, 
over 100 movie houses in England 
have installed his noise reduction 
modules, and there are a half -dozen 
films now shooting in England that 
will be released as Dolby prints. Film 
executives and engineers in this country 
have been impressed by a number of 
Dolby film demonstrations and hope- 
fully it won't be too long before we 
can enjoy this improved sound in 
theaters in this country. 

In the Waldorf ballroom, New York 
engineers had their first look at the 
imposing new 3M Series 79 tape 
recorders available from mono all the 
way up to 24 tracks. Ampex was on 
hand of course, and I had a fascinating 
demonstration of their synchro-lock 
system. A color TV monitor showed a 
picture played back from the new 
Ampex 7900 video tape machine. A 
440 servo recorder furnished the audio 
track for the picture. Through head- 
phones, you could hear the audio 
master in your left ear and the recorded 
track from the video machine in your 

right ear. You watched the picture for 
lip -sync. No matter how wildly the 
video recorder was deliberately started 
out of sync, a touch of a button on 
the synchro "black box" would snap 
picture and sound into perfect sync. 
You could start the audio master late, 
but no matter ... sync was established in 
a twinkling. 

A lot of action on the fifth floor of 
the Waldorf where the sound demon- 
stration rooms were located. Here was 
where the quadraphonic action was. 
Sansui had an elaborate set-up to 
demonstrate their new VarioMatrix 
IC chip. They are claiming 12/15 dB 
of separation with this chip with 
possible expansion to as much as 20 
dB. The A/B comparisons between 
master tape and decoded disc were 
impressive and certainly seemed to 
support their claims. 

Columbia, not to be outdone, was 
playing their SQ discs through their 
new IC chip, which I believe combines 
full logic plus "variable blend." This 
latter addition has virtually eliminated 
the rear channel "pumping" and 
"breathing" of the earlier matrices to 
which some people objected. What I 
heard was nice clean four -channel, but 
I think some better records could have 
been chosen to demonstrate this ad- 
vance. 

JVC was, of course, playing CD -4 
discrete discs, including some of the 
new Elektra titles. Separation was 
beyond cavil, but the sound could have 
been of better over-all quality had they 
used some higher quality loudspeakers. 
They were once again showing their 
fascinating and unique MM -4 peak and 
VU level meter for quadraphonic 
sound utilizing a "plasma film." I gave 
a more detailed description of this 
meter in my Los Angeles AES report 
in the August issue. It seems production 
on this unit has been delayed, but I 
still hope to have a unit for test in the 
next few months. 

Mark Levinson had a room in which 
he was demonstrating his super pre -amp 
(of which I spoke last month) along 
with his JC-1 cartridge pre -amplifier. 
Mark was sharing his room with Jon 
Dahlquist, who was demonstrating 
his new model DQ-10 "Phased Array" 
loudspeaker. The speaker at first glance 
looks like the British Quad electrostatic 
unit, but in the rear is a good-sized 
bulge, which I would assume acts as 
the woofer enclosure. The speaker is a 
four-way dynamic system using five 
drivers in an acoustical configuration 
which is claimed to provide on -axis 
compensation for time -delay effects. 
The speaker is stated to have a response 
from 32 to 25 kHz, with very low IM 

distortion and wide vertical and hori- 
zontal dispersion. Big claims indeed, 
but the speaker has made a considerable 
impression on many people, not the 
least of whom is Saul Marantz who has 
gone into partnership with Jon Dahl- 
quist. In the limited time I listened to 
the speaker, I found it exceptionally 
smooth, with really good transient 
response, a bass response hard to 
believe from such an odd configuration, 
and good stereo imaging. In short, a 
very clean, natural sound remarkably 
free of coloration. In due time I hope 
to have a pair of these speakers at home 
for more of an insight into such areas 
as power handling, etc. 

In the Gotham Audio room, president 
Steve Temmer proudly showed me the 
new EMT 424 Flutter Analyzer. This 
fabulous instrument is the last word 
for really nailing down tape motion 
parameters. It is much too complicated 
to explain everything, but among its 
features is a memory hold on the meter, 
so you don't go nuts trying to figure 
a value. There is an automatic analyzer 
section which scans the entire frequency 
range between 1 and 100 Hz in 20 
seconds. The results can be seen on a 
graphic pen recorder or on a memory 
oscilloscope. 

At Burwen Laboratories room, Dick 
Burwen was playing a recording of 
Mahler's 3rd Symphony made with his 
noise eliminator system. Very clean 
sound indeed. He was also showing his 
dynamic noise filter. I have had one of 
the filters at home for a while and it is 
a unique and interesting item on which 
I will report in the near future. 

All in all, the 46th AES convention 
was a success. Many important papers 
were given, especially some on digital 
recording. The convention was also a 
good scene for some AUDIO Magazine 
people, past and present. This was the 
25th anniversary of the AES, and former 
Editor and Publisher C. G. McProud, 
a charter member of the AES, was 
guest speaker at the banquet. Our own 
Ed Canby was made a Fellow of the 
AES, a long overdue reward. Also made 
Fellow was old friend and associate 
Bob Fine. Dick Burwen was similarly 
honored. My dear friend Murray 
Crosby, "Mr. Multiplex," having al- 
ready been made a Fellow, was 
awarded an Honorary Membership. 

Needless to say, Jack Mullin's 
fabulous collection of historical record- 
ing equipment was as big a hit at the 
Waldorf, as it had been at the Hilton 
in Los Angeles. Thank you, Jack! 

Well, that is the AES convention 
activity for 1973. Perhaps we will 
recover in time for the Copenhagen 
47th convention in the springtime! Æ 
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so much power 

for co much less 
Sansui's new 661 and 771 stereo receivers give 
you more power for less money. New IC chips 
and CBM (Circuit Board Module) technology 
make better and more reliable electronic 
circuitry and make it possible to offer these 
receivers at less cost than any other comparable 
quality units. 
For example our new 771 AM/FM receiver puts 
a ful'd 40 watts RMS per channel into 8 ohm 
speakers with both channels driven. That's 
enough power to drive two pairs of most any- 

body's speakers. And at $339.95 that's value. But 
power is not the only story behind our technol- 
ogy. CBMs mean that individual sections are 
more compact and built to closer tolerances. 
Our new IC equipped FM multiplex demodulator 
gives you better separation with less distortion. 
Hear the 771 or the 661 with 27 watts per chan- 
nel, for $289.95 
at your nearest 
franchised 
Sansui dealer. 

SANSUI ELECTRONICS CORP. 

- ...:i... 
no, 

ScrtsiuL Woodside, New York 11377 Gardena, California 90247 
SANSUI ELECTRIC CO., LTD., Tokyo, Japan 
SANSUI AUDIO EUROPE S. A., Antwerp, Belgium ELECTRONIC DISTRIBUTORS (Canada) Vancouver 9, B.C. 

Check No. 42 on Reader Service Card 



Editor's Review 

THERE WERE some names from the audio field in the 
news during the past few weeks, and since the 

events associated with these gentlemen could easily 
have been overshadowed by the momentous national 
and international political events of the period, we 
thought we'd better stop and take a moment to pass 
along the information. 

"It all came out of the world of music and some of 
it should go back as a replacement of a personal debt, 
you might say, but also as a civic responsibility." Those 
are the words of Avery Fisher, of Fisher Radio Corp., 
in giving an immense sum-said to be between $8 - 
million and $10-million-to New York's Philharmonic 
Hall. In appreciation, officials of Lincoln Center and 
the New York Philharmonic decided to change the 
name of the hall to Avery Fisher Hall. 

The gift was described as a breakthrough in the 
field of arts patronage as 80 per cent of the grant will 
be used to help meet the hall's housekeeping expenses. 
In the past, such gifts have been directed by their 
doners for the more glamorous areas, such as new opera 
productions or buildings. 

The remaining 20 per cent of the grant will go 
towards a special project dear to Mr. Fisher, who is a 
violinist: a fellowship program designed to give impetus 
to the careers of young American instrumentalists. 

Dr. Peter Goldmark, chairman and president of 
Goldmark Communications and former director of 
C.B.S. Laboratories, has been presented the Golden 
Omega award of the Electrical/Electronics Insulation 
Conference. The award is presented at each E.I.C. 
conference to an outstanding person in science, engi- 
neering, education or industry who has made an 
important contribution to technological progress. The 
E.I.C. is jointly sponsored by the National Electrical 
Manufacturers Assn. and the I.E.E.E. 

Goldmark is, of course, well known for his creation 
of the long-playing phonograph record, which is 

celebrating its Silver Anniversary this year. (The LP, 
incidently, grossed more than $2 -billion in the United 
States alone last year.) Goldmark holds some 160 
patents and is known for development of the first 
practical color television system and Electronic Video 
Recording (EVR). He was also responsible for the 
development of the high -resolution readout and ground 
recording system used in the U.S. Lunar Orbiter space 
program. 

Goldmark, who developed the LP because he became 
annoyed with the constant interruptions of classical 

music movements with 78 rpm records, still receives 
courtesy copies of each new LP produced by record 
companies and thus owns one of the country's most 
complete record libraries. He describes the years of 
the invention of the LP and other developments in his 
autobiography "Maverick Inventor: My Turbulent 
Years in CBS," published November 1st by the Satur- 
day Review Press at $7.95. 

Hans W. Heinsheimer, executive vice president of 
G. Schirmer, Inc., is celebrating his 50th anniversary 
in music publishing. Having worked closely with such 
composers as Gian Carlo Menotti, Samuel Barber, 
Virgil Thomson, Aaron Copland, Leonard Bernstein, 
Bela Bartok, and Leos Janacek, Heinsheimer is credited 
with a significant role in shaping the concert and opera 
repertoire heard today. 

Heinsheimer began his career in 1923, after gradua- 
tion from the Univ. of Freiberg, with Universal Edition 
in Vienna-at no salary. In 1925, as director of the 
firm's opera department, he arranged for the premiere 
of Alban Berg's Wozzek and in 1928 for the premiere 
of Kurt Weill's Threepenny Opera. 

Heinsheimer came to the United States in 1938 and, 
after a nine-year association with Boosey & Hawkes, 
he joined G. Schirmer, Inc., in 1947 as director of 
symphonic and operatic repertory. He was named 
director of publication in 1957, elected vice president 
in 1971, and attained his present position in April of 
this year. 

New York City Watts 
Consumer Protection Law Regulation 36, covering 

power output disclosures on home audio equipment, 
went into effect October 17 in New York City, after its 
original publication in August. While there were a few 
changes from the originally published version, the 
amended regulation is unchanged in substance. Disclo- 
sure is not mandatory under the regulation, but when 
it is made must meet the following standards: (a) show 
watts per channel with all channels driven; (b) at 8 

ohms impedance; (c) across a power bandwidth not 
less than 60 to 10,000 Hz, and (d) with THD less than 

1 per cent from 250 milliwatts to rated power. (The 
original low limit on THD specification was 0 watts.) 

We are, of course, glad to see that the regulation is 

going into effect. It will reduce the consumer's confusion 
about power ratings and should prove to be no hard- 
ship on the industry, as all are placed on equal footing 
by the regulation. E.P. 
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To fulfill thE rEquirEmEnts 
of thE most critical listEning 
and auditioning... Stanton 
is thE profEssional standard. 

in STEREO- 
ThE Stanton 68IEE 
If critical listening is to be unbiased, it must 
begin with a stereo cartridge whose frequency 
response characteristics are as flat as possible. 
One that introduces no extraneous coloration 
as it reproduces recorded material. For anyone 
who listens "professionally," the 681EE offers 
the highest audio quality obtainable at the 
present 'State of the Art.' 

Many record critics do their auditioning with 
Stanton 681EE. Recording engineers have long 
used the Stanton 681A to check recording 
channel calibration. The 681EE provides that 
logical continuation of the Stanton Calibration 
Concept. High compliance and low tracking 
force assure minimum record wear. Its low - 
mass, moving magnetic system produces vir- 
tually straightline frequency response across 
the entire audio spectrum. Its built-in longhair 
brush keeps the stylus dust -free, and protects 
record grooves, thus reducing noise and wear. 
Each 681EE is individually calibrated, and the 
results of these calibration tests are üncluded 
with each cartridge. 

The Stanton 681 EE - used by recording en- 
gineers, broadcasters, critics and audio pro- 
fessionals-the cartridge that sounds like the 
record sounds, always. 

Ms. Gladys Hopkowitz, Recording Engineer 
Mastertone Recording Studio, Inc., New York 

in DISCRETE 4-CHANNEL- 
ThE Stanton 780/4D0 

A totally revolutionary stylus design 
concept turns out to be the answer for 
discrete playback. It's the Quadra- 
hedral-and all tests and in -use dem- 
onstrations authenticate the value of 
the discovery. Stanton has this new 
stylus in its four channel cartridge. 

QUADRAHEDRAL This is the first American designed 
and manufactured stylus developed for discrete four - 
channel records. It was especially engineered for the 
Stanton 780/4DQ cartridge which is already the first 
choice of professional record reviewers, anxious to 
evaluate the new discrete 4 -channel discs coming 
on the market. 

The performance of the stylus (and cartridge) ful- 
fills all the extensive demands and sophisticated re- 
quirements necessary for playback and review of all 
the material recorded on discrete discs. And while 
performing brilliantly, it is actually very kind to rec- 
ords in terms of wear. Stanton's own engineers, 
whose professional products are the 
standards of the industry, tested and 
proved its characteristics, and report 
that it functions with total reliability 
in every measurable aspect. 

This new cartridge, the 780/4DQ is 
available at your franchised Stanton 
dealer. S'I'aNT011 

For further information, write: Stanton Magnetics, Inc. Terminal Drive, Plainview, N.Y. 11803. 

Check No. 55 on Reader Service Card 



Microphones - 
The Vital Link in 

the Recording Chain 

David Lane Josephson 

RE YOU REALLY satisfied with the quality you're getting 
in your live recordings? The amateur recordist's main 

roblem seems to be selection and placement of mics 
for the best sound pickup. While there aren't any hard and 
fast rules one can follow to get professional sounding tapes, 
here are a few ideas about mics that should help. 

What is a microphone anyway? A microphone is a sound - 
actuated transducer; a device which accepts sound waves 
(air vibrations) and changes them to electrical impulses which 
may be amplified and recorded. The electrical impulses, 
according to the accuracy of the microphone, correspond 
more or less to the shape of the sound waves striking the 
microphone. Various factors-mass of the microphone's mov- 
ing parts, magnetic fields, friction sources, materials used, 
physical construction-all affect the final accuracy of the 
microphone. This degree of accuracy-no mic is perfect- 
determines the way any given mic should be used. 

There are two basic variables in the conditions that affect 
the quality and accuracy of any given sound pick-up: 1) the 
characteristics of the microphone(s) used, and 2) the posi- 
tion of the microphone(s) in respect to the sound source(s). 
Understanding the characteristics of the various microphones 
available is a lot easier if one knows how they all work. 

Types of Microphones 
In common recording use today, there are three different 

types of microphones: dynamic (or moving coil), capacitor 

(or condenser), and velocity (or ribbon). All three types can 
produce high fidelity recordings in the conditions they are 
best suited to. 

A dynamic microphone is basically a speaker in reverse. 
The diaphragm, a basic element of any microphone, is 
attached to a coil of wire. This coil is suspended by the 
edges of the diaphragm over and around a small permanent 
magnet. When sound strikes the diaphragm, it makes the 
coil move back and forth over the magnet, thus inducing 
an electrical current in the coil. 

Capacitor microphones (also known as condenser micro- 
phones, after the older name for capacitors) are pressure 
devices like dynamics, but the means used to generate the 
output signal are entirely different. The diaphragm in a 
capacitor microphone is very similar to that of a dynamic, ex- 
cept that it is usually flat instead of convex. It may be either 
thin metal foil or metallized plastic. The diaphragm is sus- 
pended about 1/1000 of an inch from a fixed metal plate, 
which is insulated from the microphone case. In the con- 
ventional capacitor microphone, a polarizing voltage of be- 
tween 45 and 200 V. is applied between the back plate and 
the diaphragm. When sound strikes the diaphragm, the spac- 
ing between it and the back plate changes, changing the 
capacity between them. This change from one value to 
another changes the current flowing through the load 
resistor. Since the air space between the diaphragm and the 
back plate represents a very high impedance, the amplifier 
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AKAI's 4 -Channel Challenge 
We challenge any other manufacturer 

in the world to surpass tie performance 
of AKAI's new 4 -channe: component com- 
bination. You can pay mo-e. But you can't 
buy better. 

Here they are. 

First is AKAI's new AS -980 4 -channel 
receiver. Endowed with sophisticated fea- 
tures fo- unparalleled performance. Sen- 
sitive and powerful, the AS -980 provides 
a continuous output of 120W (30 x 4). Plus 
4 separate 4 -channel modes: Discrete, SQ. 
AM, and built-in CD -4 with individual sepa- 
ration controls ... It's everything you'd 
expect AKAI's ultimate receiver to be. 

Unequalled reproduction quality is 
ycurs with AKAI's new GX-280D-SS. It's 
a 'ully discrete 4 -channel tape deck that's 
also 2 -channel compatible. The utilization 
of 4 individual heads-including AKAI's 
exclusive GX glass and crystal heads (dust 
free and virtually wear free)-and 3 super- 
bly engineered and balanced motors 
make this unit the professional 4 -channel 
tape deck for reccrding and playback. 

Together, these units are AKAI's 
unbeatable 4 -channel challenge- 
providing professional 4 -channel capa- 
bilities that no other equipment combina- 
tion can match. 

Both the AS -980 receiver and the GX- 
280D-SS tape deck are available at your 
nearest AKAI Dea'er ... Whenever you're 
ready to make that ultimate step J . That's 
A(Al's 4 -channel challerge. 

1257 

C+ 

AKAI.. 
AKAI America, _td. /P O. Bcx 55055. _ = Argel ?s, CA 90Ü) The !nnOVatOrs 
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TDK EXTRA DYNAMIC (ED) 

e 

Competitor A Compét" of 

extra dynamic performance 
If you're an audiophile you know what you want-the best 
cassette there is. That's why you'll insist on TDK's top -of - 
the -line EXTRA DYNAMIC (ED). Once you discover ED's 
superior total performance, you won't settle for anything less 
than the cassette with more of everything. 

EXTRA DYNAMIC offers audiophiles an entirely new dimen- 
sion in cassette recording fidelity. Its performance charac- 
teristics-shown above on TDK's Circle of Tape Performance 
(see opposite page) - are better balanced and superior to 
those of any other cassette now on the market, including the 
two competitive so-called "hi-fi" cassettes also shown. 

the new dynamic world of 

ATIDK® 

ED's superior total performance results from use of TDK's 
exclusive new "Stagnetite"® (stabilized magnetite) coating 
plus a special binder and proprietary techniques. ED cas- 
settes have the industry's highest MOL (maximum output 
level), broader dynamic range, extended frequency response, 
higher signal-to-noise ratio and other characteristics for 
incomparably fresh, rich and full-bodied sound on any re- 
corder, without need for special bias. 

Ask your dealer for TDK EXTRA DYNAMIC cassettes when 
nothing but the very best total performance will do. Once 
you try ED, you'll wonder why you ever used anything else. 

TOI< ELECTRONICS CORP. 
755 £astgare Boulevard. Garden City, New York 11530 

TDK's EXTRA DYNAMIC (ED), SUPER DYNAMIC (SD) and DYNAMIC (D) cassettes are available in 
45, 60, 90, 120 (SD & D) and even 180 -minute (D only) lengths, TDK KROM (KR) chromium -dioxide 
cassettes are available in 60 and 90 -minute lengths. At quality sound shops and other fine stores. 



more about 
TDK's circle of tape performance 
....a whole new way to evaluate tape 
A tape's ability to provide "real -life" sound reproduc- 
tion depends not only on its MOL (maximum output 
level) values and the familiar frequency response 
characteristics, but also on the value and proper 
balance of a number of other properties. TDK has 
arranged the twelve most important tape character- 
istics on their exclusive CIRCLE of TAPE PERFORM- 
ANCE diagrams, shown below. Each of the radii 
represents one of the twelve factors, and the outer 
circle represents the ideal, well-balanced character - 

ED-® SD .z s ,emes 
i 

zee) 
EXTRA DYNAMIC 

for the discriminating audiophile, an 
entirely new dimension in cassette re- 
cording fidelity. Vastly superior to any 
other cassette, with unmatched per- 
formance on any deck. 45, 60 and 90 - 
minute lengths. 

1 -MOL @ 333Hz 
2 -Sensitivity @ 333Hz 
3 -Sensitivity @ 8kHz 

Competitor A 

O 

istics of a "perfect" tape. The closer the charac- 
teristics of any cassette tape approach those of the 
ideal (the larger and more regular the pattern), 
the better the sound reproduction capabilities of the 
cassette. The goal is to reach the outer circle. 
Compare TDK's well-balanced characteristics with 
those of the two leading so-called "hi-fi" competitive 
cassettes and a typical conventional tape. Judge for 
yourself which provides the best characteristics for 
true high fidelity performance. 

SUPER DYNAMIC 
turned the cassette into a true high- 
fidelity medium. Outstandingly clear, 
crisp, delicate reproduction of the com- 
plex characteristics of "real -life" 
sound. 45, 60, 90 and 120 -minute 
lengths. 

4 -Sensitivity @ 12.5kHz 
5 -MOL @ 8kHz 
6-Erasability 

Competitor B 

ED'S EXCLUSIVE NEW "STAG NETITE® COATING 
TDK EXTRA DYNAMIC is the world's only tape with a 
magnetic coating of "Stagnetite". The coating con- 
sists of microscopically fine particles of stabilized 
magnetite in a special binder. Magnetite is a material 
with magnetic properties which make it ideal as a 
recording medium, except that in its natural state it is not 
sufficiently stable. TDK discovered a way to permanently 
stabilize magnetite particles; the result (Stagnetite) is a 
perfect coating material for magnetic recording tape, 
contributing to ED's unrivaled "real -life" sound repro- 
duction capabilities. 

O 

7 -Bias Noise 
8 -Print -Through 
9 -Modulation Noise 

DYNAMIC 
excellent hi -fidelity at moderate prices, 
with well-balanced performance char- 
acteristics superior to most "premium" 
cassettes. 45, 60, 90, 120 and 180 - 
minute lengths - the world's only 3 - 
hour cassette. 

10 -Output Uniformity 
11 -Uniformity of Sensitivity 
12 -Bias Range 

Typical 
Conventional 
Cassette 

THE IMPORTANCE OF HIGH MOL 
TDK's EXTRA DYNAMIC tape has the highest MOL values 
of any cassettes on the market today. MOL means max- 
imum output level, and is perhaps the most important 
single characteristic of a recording tape. MOL is the out- 
put signal level resulting from an input signal which pro- 
duces 5% distortion in the output. A tape with high MOL 
can be recorded at higher input levels without audible 
distortion on playback. High MOL lets you faithfully re- 
produce all the complex transient phenomena, subtle 
overtones and important harmonics that give the original 
sound its natural warmth, richness, depth and feeling. 

Check No. 47 on Reader Service Card 



for this type of microphone must be located inside the 
microphone body-or at least not more than a foot or so 
away. Because of the extremely high input impedance this 
amplifier must present to the microphone element, these 
amplifiers were previously exclusively tube units. Vacuum -tube 
capacitor microphone amplifiers have now been almost 
entirely replaced by field -effect -transistors (FETs) which can 
present as high an impedance as most any tube. These have 
vastly decreased the size and cost of capacitor microphones 
today. The one remaining problem is that of getting the 
polarizing voltage to the capacitor element. This has been 
solved recently by the use of an electret element rather 
than the usual capacitor unit. In the electret capacitor micro- 
phone, the diaphragm is plastic and has a static electricity 
charge implanted in it during manufacture. The only power 
supply required then is the 1.5 V. or so to power the FET. 
Another solution to this polarizing voltage problem in ex- 
tensive use before the electret was developed for capacitor 
microphones (the electret principle is not new) was the r.f.- 
excited or FM capacitor microphone. In this system, still 
used by some manufacturers, the varying capacitance of the 
microphone element is connected in the grid or base circuit 
of an r.f. oscillator. As the sound waves strike the diaphragm, 
the frequency of the oscillator is varied, producing an FM 
signal. This is then detected by a conventional discriminator, 
just like that used in FM receivers, and an audio signal is 
produced. 

Capacitor microphones always have some amplifier cir- 
cuitry inside the microphone case which must be supplied 
with power. Numerous techniques have evolved over the 
years to get this power to the electronics. Perhaps the most 

DIAPHRAGM 

OUTPUT 
IMPEDANCE: 20 ohms 

Fig. 1-Dynamic microphone construction. 

PROTECTIVE 
SCREEN 

DIAPHRAGM 

SHIELD 

COIL 

MAGNET 

CASE 

DIAPHRAGM CLAMP 

- INSULATOR 

OUTPUT 
CAPACITY: 4OpF 

IMPEDANCE: 3O mp 

CASE 

Fig. 2-Capacitor microphone construction. 

simple is to mount a battery directly in the case. With electret 
mics, all that is required is a single 11/2-V. penlight cell. 
Conventional capacitor mics usually use two 221/2-V. "B" 
batteries in series. Another method is to simply run extra 
wires in the cable between the mic and the power supply to 
carry the power. This was common practice for tube powered 
capacitor mics which required filament voltage and B + for 
the tubes as well as polarizing voltage. The two other com- 
mon methods involve simplexing the power for the mic onto 
the cable carrying the audio back to the power supply. The 
widely used system is known as "phantom" powering, where 
the two audio leads carry the positive side of the power and 
the cable shield returns the negative to the power supply. 
The commonly used voltage is 48 V. The other system, still 
being used by some manufacturers, is the powering voltage 
applied directly between the two audio leads. One lead 
carries the positive while the other carries the negative. 
While this system preserves the balanced conditions nec- 
essary for r.f.-powered mics, it can add noise and precludes 
the use of dynamic or velocity mics on the same mic jack 
since such mics would present a direct d.c. short across the 
power supply. This system generally operates on 12 V. 

Velocity or ribbon microphones operate on an entirely 
different principle from the dynamic and capacitor units. 
The diaphragm is a thin duraluminum ribbon, about a quarter 
of an inch wide and two to four inches long, suspended be- 
tween the poles of a strong permanent magnet. When sound 
strikes the ribbon, it moves back and forth in the lines of flux 
of the magnet, cutting them and inducing an electrical current 
in the ribbon. The velocity or speed of the sound waves 
determines the output rather than the pressure. Because of 
the extremely low impedance (usually equal to the d.c. 
resistance of the ribbon, or less than 1 ohm) of the mic, a 
step-up transformer must be mounted in the microphone case. 
Velocity mics were the mainstay of almost all commercial 
recording and broadcast pickups, in spite of their weight and 
fragility, until high quality dynamics became widely avail- 
able about ten years ago. One strong cough or puff of wind 
can tear a velocity mic's ribbon to shreds. 

Characteristics and Specifications 
The first element in the characteristics or personality of 

a given microphone is its directional pick-up pattern. This 
is the relative sensitivity of the unit to sounds arriving at 
different angles on a horizontal plane the same as the one 
the microphone is in. Certain types of microphones have 
certain distinctive directional characteristics, but all can be 
modified through the use of various phase -cancellation 
devices. 

.RIBBON CLAMP 
(INSULATED) 

OUTPUT 
IMPEDANCE I ohm 

POLE PIECE 

RIBBON CLAMP 
(METAL,CONNECTED TO MAGNET) 

Fig. 3-Velocity microphone construction. 
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New Avid Series 100 
High Fidelity Speaker Systems. 

From left to right: Model 100, Model 102, Model 103 

An exciting new experi- 
ence in accurate sound and 
imaginative styling... 
Avid Series 100 Speaker 
Systems. 

Avid speakers are the 
premium quality prod- 
ucts of extensive research 
from a company that has 
pioneered in quality audio 
components for over 20 years. 

A -B any of the Series 100 
models, with their unique 

user -changeable decorator 
grilles, now at better audio 

shops near you. From 
$79.50 to $139.50. 

CORPORATION 
10 Tripps Lane, East Providence, 

R.I.02914 Tel. (401) 438-5400. 
Check No. 9 on Reader Service Card 
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From the critics... 
"A silent giant that's built to last - probably forever" 

Stereo & Hi Fi Times 
"No acoustic feedback even directly in front of 
loudspeakers" Hirsch -Houck Laboratories 

Stereo Review Magazine 
"Built to last ... gives great results" 

FM Guide 

N 
L J 

"The feel of precision machinery ... rumble was 
inaudible" Hi Fi Stereo Buyers Guide 

"Absolutely no speed error at either 331/3 or 45 rpm" 
High Fidelity Magazine 

"The turntable suspension is almost impervious to 
jarring or bumping" Audio Magazine 

From the public... 
"I'm glad I bought it", E.G., Lowell, Mass. "It has no faults", N.W., Birmingham, Ala. "The whole turntable is 
beautiful", D.G., Kalamazoo, Mich. "No plastic parts", T.H., Wilton, Conn. "Own one for nine years", W.L., 
Houston, Tex. "General overall feeling of quality", R.J., Ft. Knox, Ky. "Best reputation among people who 
know",F.A., Sarasota, Fla."Far out", J.W., Milwaukee,Wisc."Workmanship is outstanding",R.W., Baltimore, 
Md. "Fantastic",R.E., Canton, Ohio -"Empire has a wonderful attitude towards the customer", R. B., Arlington, 
Va. "The best turntable in the world", 11.M., Honolulu, Hawaii 

Listening is believing-ask your hi fi dealer for a 
demonstration. Write for your free Empire Guide to 
Sound Design. Mfd. U.S.A. 

EmbireScientific Corp 1055 Stewart Avenue, Garden City, New York 11530 
Ì,MF7 
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Pressure microphones are by their nature omnidirectional. 
This means they pick up equally well from all directions. 
Velocity microphones may be made omnidirectional by attach- 
ing an acoustical labyrinth at the back of the ribbon. This 
changes the velocity microphone to a pressure unit, since the 
ribbon is now responding to pressure differences and can be 
pushed only toward the back of the microphone case. 

Pressure microphones may be made unidirectional, or 
tending to pick up from the front only, by the addition of 
tubes and ports from the diaphragm to the rear of the mic 
case. In a simplified way, this produces a unidirectional 
effect merely by cancelling the sound waves arriving at the 
rear. Velocity microphones may be made into unidirectional 

UNIDIRECTIONAL OMNIDIRECTIONAL BIDIRECTIONAL 

(IN EACH DIAGRAM, THE SHADED PART OF THE MIC CASE IS THE FRONT ) 

Fig. 4-Microphone pick-up patterns. 
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VENT TUBE 

CASE 
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Fig. 5-Typical unidirectional microphone construction. 
Sound waves arriving from the rear of mic enter the 
port and reach the diaphragm through the vent tube at 
the same time the rest of sound wave reaches the front 
of the diaphragm. Sound from the vent tube pushes the 
diaphragm out, while sound from the front pushes the 
diaphragm in, resulting in no net movement. 

Fig. 6-A capacitor version of the inline superdirec- 
tional mic, the Sennheiser MKH 415, shown on a desk 
stand. 

units by dividing the ribbon into two sections and converting 
one section to omnidirectional as described above. The re- 
maining half of the ribbon operates as a velocity unit. When 
a sound wave arrives from the rear of the microphone, it 
reaches the velocity section at the same time as it reaches 
the pressure section. Because the velocity section produces a 
negative voltage (because the ribbon is being pushed toward 
the front of the case) and the pressure section produces a 
positive voltage (because any sound striking the pressure 
unit will produce a positive signal), the two voltages, being 
equal and opposite, will cancel each other out and the net 
output will be zero. In capacitor microphones, the uni- 
directional pattern may be produced by either of the ways 
described above; there may be two elements, one for the rear 
and one for the front, or there may be just one element with 
tubes and ports to the back of the microphone. Because the 
actual directional pattern of most unidirectional micro- 
phones is not truly one -directional but rather heart -shaped, 
unidirectional mics may also be referred to as cardioid mics. 

Even the best unidirectional microphone still has quite a 
bit of pick-up from the sides. This is sometimes advantageous, 
but there are times, such as the pick-up of a single person or 
group from a great distance, when a more selective pick-up 
is desired. This, too, may be accomplished in a number of 
ways. The first idea was to place an omnidirectional pressure 
unit in the focus of a parabolic reflector. This produces a 
pick-up angle of about 80°, somewhat better than the 180° 
or so produced by a good. unidirectional mic. Perhaps the 
most practical super -directional microphone, and today the 
most common, is the inline or interference mic. This uses 
a standard omnidirectional pressure mic at the end of a long 
single tube with slots in it. The principle of operation is that 
sound arriving from the rear of the mic is going to take 
longer to reach the diaphragm than sound arriving from the 
front. Since the sound from the rear is going to go in the 
front just as much as the sides, all of these sound waves will 
be reaching the diaphragm at different times, even though 
originating from the same sound wave. They produce a 
cancelling effect, and the net output for sounds arriving 
from the sides and rear will be nearly zero. The angle of 
pickup for this type of mic is between 40 and 80 degrees, 
but'is free from the resonance effects common to parabolic 
mics. 

The last common microphone pick-up pattern is bidirec- 
tional or figure -eight. Velocity microphones, by virtue of 
the physical plane of the ribbon itself, are inherently bi- 
directional. Most capacitor microphones can be made bi- 
directional by the use of two separate microphone elements 
connected out of phase with each other. 

All three directional characteristics may be combined in 
one microphone, sometimes known as a polydirectional unit. 
This may be either a capacitor or velocity mic. In a capacitor 
mic, two omnidirectional elements are used back-to-back. 
For an omnidirectional pickup, only one element is switched 
in. A unidirectional pattern may be had by connecting one 
element at a different phase from the other, by changing the 
polarity of one element's polarizing voltage. A bidirectional 
pick-up is made by connecting the two elements out of phase 
with each other. Typical polydirectional capacitor micro- 
phones are the Neumann U-87 and KM -86 (shown), the PML 
TC -4V and the AKG C-412. All of these pattern changes 
require no mechanical alterations to the microphone at all. 
A velocity mic may be made polydirectional by dividing it 
into two sections as described in the unidirectional section 
above. If the acoustical labyrinth for the pressure section 
of the unidirectional pattern is provided with an adjustable 
flap over a hole drilled in it, the pressure section may be 
opened and converted back to a velocity section and its 

30 AUDIO DECEMBER 1973 



A to help me make an immediate decision to purchase 
B to explore a new method or to keep my files 

(l +f on the subject to date 1 

= A B= A 01 = A B = A P= AB = A B = A B = A P = A B 

1 16 31 46 61 76 91 106 121 

2 17 32 47 62 77 92 107 122 

3 18 33 48 63 78 93 108 123 

4 19 34 49 64 79 94 109 124 

5 20 35 50 65 80 95 110 125 

6 21 36 51 66 81 96 111 126 

7 22 37 52 67 82 97 112 127 

8 23 38 53 68 83 98 113 128 

9 24 39 54 69 84 99 114 129 

10 25 40 55 70 85 100 115 130 

11 26 41 56 71 86 101 116 131 

12, 27 42 57 72 87 102 117 132 

13i 28, 43 58 73 88 103 118 133 

14 29 44 591 74 89 104 119 134 

15 30 45 60 75 90 105 120 135 

Name 

Andress 

City State_ Zip 

Are you a subscriber to AUDIO Magazine? Yes No 99 

READER INTEREST INFORMATION: 
1 High Fidelity Enthus,ast 4 E Broadcast Engineer/Manager 
2 E Home Recordist 5 E Audio Service Technician 
3 E Professional Recordist 6 E Audio Manufacturer or Dealer 
7 Other 

I would like to see more Technical articles E Articles for beginners 
E Construction projects E Articles on music 
E Music reviews E Classical E Jazz E Rock 
E Other 

I buy an average of records a year. Age_ 
I have psrchased the following equipment after seeing it advertised 
in AUDIO Magazine 

I am planning to purchase the following equipment in the next year. 

Comments 

SUBSCRIBE 
Don't wait until your subscription runs out. Renew now and 
insure uninterrupted service. The remaining issues on your 
current subscription will be added. Postage will be paid. 

Gentlemen: Please enter my subscription to AUDIO. 

Name 

Address 

City State Zip 

New Subscription [] Payment Enclosed 
Renewal Bill me 

1 Year-$6 2 Years-$10 3 Years-$14 
(Foreign-$9) (Foreign-$15) (Foreign-$20) 

You may pay for your subscription on your credit card. 
American Express 

Credit Card No. Diners Club 

Master Charge 

Bank No. _ Card expires 

Signature 

For office use 1 



0 
N 
L_ 

C 
d 
d 

t 
t 
ó 
Z 
c 
ce 

I 



e 

Guaranteed to enhance any 
fine stereo system! 
(Following quotes from 20-12 owners' Warranty cards on file at Soundcraftsmen) 

"One of the best investments I ever made!!" ... "Even made a believer out 
of my wife" ... "I thought my system was the best sounding system going, 
but this equipment makes it sound un -real" ... "Incredible! Every system 
should have one" ... "Excellent - superb improvement of system" .. . 

"One Hell of an improvement to what I thought was a good sounding sys- 
tem". . . "It would be a very great boon to anyone's stereo system - 1 

love it" ... "Has made a big improvement in the sound of my system" .. 
"Great improvement to my system!!!" ... This is a very fine piece of equip- 
ment. It tremendously improves the sound of my system" ... "Can't believe 
how good it makes my set-up sound" ... "WOW!!! What a change in my 
system!". 

SPECIFICATIONS and SPECIAL FEATURES 
TOROIDAL and ferrite -core inductors, ten octave -bands per 
channel. 
FREQUENCY response: -I-1h db from 20-20, 480 Hz at 
zero setting. 
HARMONIC DISTORTION: Less than .1% THD @ 2 v., 
Typ: .05% @ 1 v. 

IM DISTORTION: Less than .1% @ 2 v., 
Typ: .05% @ 1 v. 

SIGNAL-TO-NOISE RATIO: Better than 90 db @ 2v. input. 
INPUT IMPEDANCE: Operable from any source 100K ohms 
or less-(any Ho -Fi Pre -amp. Receiver or Tape Recorder.) 
OUTPUT IMPEDANCE: Operable into 3K ohms or greater - (any Hi-Fi Amp, Receiver or Tape Recorder.) 
CIRCUIT BOARDS: Military grade G-10 glass epoxy. 

RESISTORS: Low -noise selected carbon -film. 
RANGE: 12 db boost and 12 db cut, each octave. 

MASTER OUTPUT LEVEL: "Frequency -spectrum -level" 
controls for left and right channels, continuously variable 
18 db range, for unity gain compensation from minus 12 
db to plus 6 db. 

MAXIMUM OUTPUT SIGNAL: variable Master "frequency 
spectrum level" Controls allow adjustment of optimum 
output voltage for each channel, to exactly match ampli- 
fier capability, up to 7 v. 

SIZE: designed to coordinate with receivers, comes in- 
stalled in handsome walnut -grained wood receiver -size 
case, 514" x 18" x 11", or rack mount. 
WARRANTY: 2 -year parts and labor. 

Check No. 46 on Reader Service Card 

Caersetemen 

4.,y1 
20.92 

$299.50 
includes walnut -grain 
cabinet, or rack -mount. 

FREE! 
The "Why's and How's of Equalization" r 

an easy -to -understand explanation of the rela- 
tionship of acoustics to your environment. This 
8 -page booklet also contains complete specifi- 
cations, an editorial review of the 20-12 by J. 
Gordon Holt's Stereophile magazine, many 
unique ideas on "How the Equalizer can meas- 
urably enhance your listening pleasure," and 
"How typical room problems are eliminated by 
Equalization." 

1310 EAST WAKEHAM 
SANTA ANA, CALIFORNIA 92705 



normal bidirectional pickup. If the flap is closed, the unit 
becomes unidirectional, and if the velocity section is dis- 
connected, only the pressure section is used and an omni- 
directional pattern results. 

Microphones are available which produce a full stereo or 
quadraphonic pickup with one single mic. These units usually 
contain two or four unidirectional elements in a single case. 
Typical of the stereo variety are the Neumann SM -69 FET 
and the AKG C-24. Bang & Olufsen some years ago came 
out with a stereo mic using two small velocity units in the 
same case. This was distributed in the U.S. by Dynaco and 
may still be available on the used market. Neumann has 
recently announced a quadraphonic microphone producing 

Fig. 7-A typical poly -directional capacitor mic, the 
Neumann KM -86.' Pick-up pattern may be switched to 
omni-, bi-, or uni -directional. A 10 -dB attenuator switch 
is provided to prevent overloading distortion in high 
sound -pressure -level pick-up situations. 
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Fig. 8-Comparison between two microphones with the 
same numerical frequency response specification: 20- 
18,000 Hz, ± 2 dB. Mic A exhibits a very smooth re- 
sponse within those limits, having no sharp resonances 
or dips. Mic B has a very sharp resonance at 5 kHz and 
a 2 dB dip at 180 Hz. If used with a PA system, mic B 

would be much more prone to feedback, which would 
occur at 5 kHz. 
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Fig. 9-Frequency response of a typical unidirectional 
dynamic microphone with sound source at one inch and 
two feet. 

a complete quadraphonic signal with one mic unit. This mic, 
the QM -69, contains four separate unidirectional capacitor 
mic elements in a case very similar to the SM -69 FET. The 
four outputs are available at the power supply. 

Frequency response is the tonal accuracy of any given audio 
equipment. In microphones. this means the relative voltage 
output across a wide band of frequencies for the same sound 
input with respect to a level at a set mid -band frequency 
(usually 1,000 Hz). As with all other audio gear, a frequency 
response rating of, say, 50-15,000 Hz is meaningless unless 
a specific range of tolerance (i.e. plus or minus so many dB 
within the range) from the level at the reference frequency 
is mentioned. Theoretically, one could say that any micro- 
phone would have a frequency response of 50-15,000 Hz-but 
the difference in output between a 15,000 Hz signal and the 
reference (1,000 Hz) might be as much as 60 dB. The main 
thing a recordist must be aware of in selecting a microphone 
from frequency response figures is the smoothness of the 
response between the numerical limits. For instance, two 
microphones might be rated as having a response of 20-18,000 
Hz± 2 dB, but one would sound far better than the other. 
Figure 8 shows why. Some microphone manufacturers have 
taken to supplying individually run frequency response curves 
for each microphone shipped. In most cases, however, the 
average response (a curve of a typical unit, taken off the 
assembly line) will give a fair indication of the flatness of a 
given model of mic. Sometimes these curves are included in 
the spec sheets for new mics. 

Proximity effect is the extreme accentuation (boosting) of 
lower frequencies (below 200 Hz) as the sound source moves 
closer to the microphone. Sometimes this effect is desired, 
as it imparts a filling, radio -announcer quality to the voice 
being miced-but it definitely is not an advantage for accurate 
pick-up of non -voice signals. Proximity effect is much more 
pronounced with unidirectional mics-and because of this, 
many have bass rolloff switches to compensate for this 
accentuation. Omnidirectional mics are relatively free of this 
phenomenon until the sound source comes to within three 
inches of the microphone grille. Velocity mics are extremely 
sensitive to proximity and begin to show bass accentuation 
when the sound comes any closer than two feet. Proximity 
effects in conventional unidirectional mics are primarily 
caused by sensitivity to extreme pressure differences produced 
by close low -frequency sources. This problem has been sup- 
pressed to some extent by using a series of tubes and ports, 
one for each band of frequencies, or one large tube from the 
rear of the diaphragm with a continuous series of slots pro- 
ducing a theoretically resonance -free tube and port system. 
Electro -Voice calls these methods Variable -D and Con- 
tinuously Variable D, respectively. 

Perhaps the most misunderstood microphone characteristic 
is distortion. Partly because there are no accepted standards 
for measuring all types of distortion to be found in pickup 
units such as microphones, this aspect of a microphone's 
specifications usually goes unwritten. The most common form 
of microphone distortion is poor transient response. Transient 
response time is the time taken for a microphone's output 
to rise to 90 per cent of its peak value when a pulse of d.c. 
is applied to it as sound. Most capacitor mics take around 
15 microseconds-dynamic mics usually take around 40 
µsec. Velocity mics are somewhere in between the two. This 
may help explain the characteristic "clean capacitor sound" 
most capacitor mics have. 

Some capacitor mics are rated with a percentage distortion 
figure for a given sound pressure level (SPL). This is the 
distortion of the mic amplifier only when fed with a signal 
that approximates the level of a signal put out by the element 
at that SPL. 
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The construction and circuitry of any microphone deter- 
mine how noisy it is. Noise may be of any number of kinds- 
wind noise, breath pops and hisses (sibilance), handling noise 
or electronic noise. In dealing with various external noise 
sources, it is well to remember that any movement of the 
diaphragm in a microphone is caused by one condition: an 
instantaneous difference in the pressure between the front 
and back of the diaphragm. When both sides of the dia- 
phragm have equal pressure on them, the diaphragm cannot 
move. Wind and breath noises are caused by direct air pres- 
sure changes between the front and the back. Both may be 
reduced to a great extent with windscreens. structures of 
plastic foam or rigid frameworks covered with cloth. These 
windscreens simply resist rapid changes in air pressure by 
requiring that the air slow down before reaching the mic 
itself. Some mics are inherently less wind and pop sensitive 
than others due to the inclusion of windscreens in the micro- 
phone itself or the particular mic's design. Omnidirectional 
mics tend to be less sensitive to wind and pop noises --pri- 
marily because the sealed air space behind the diaphragm 
acts to oppose any violent changes in air pressure. Unidirec- 
tional mies are more sensitive to noise of this sort, since the 
only opposition to diaphragm movement are the ducts and 
ports leading to the rear of the microphone. Handling noises 
are basically a function of the internal design of the micro- 
phone. If the microphone element is mounted directly to the 
case, with no shock mounting, vibrations and noises originat- 
ing on the case will be much more easily transmitted to the 
diaphragm than if it were isolated from the case. Electro - 
Voice, among others, has developed a mic-within-a-mic 
design, covering an ordinary mic (usually an omnidirectional 
dynamic) with foam rubber and installing it in another case. 
This seems to be very effective in reducing case and handling 
noises. 

Sibilance is a hard hissing noise, often with distortion and 
quite annoying harmonics, that appears in the output when 
some microphones are spoken into with "S" or "Z" sounds. 
Some people have extremely sibilant voices, which will pro- 
duce this type of distortion with any type of mic-while 
others will not sound sibilant at all. Most sibilance problems 
can be eliminated by installing a windscreen and/or speaking 
across the microphone rather than into it. 

Electronic noise is almost entirely limited to capacitor 
microphones and is caused by noise in the capacitor micro- 
phone element, or, more commonly, in the very high imped- 
ance and low level amplifier circuitry. 

Impedance is the ohmic value of load which, when placed 
across a microphone output, will result in the most efficient 
transfer of power from the microphone to the load. Common 
figures for microphone impedance are 50, 150-200-250, and 
"high" (around 50,000) ohms. Most older home tape machines 
using vacuum tubes are meant for high impedance mies, 
and most current solid-state gear should be used with low 
impedance mies. The main operational difference between 
low and high impedance mies is in the length of cable that 
may be used. Up to two or three thousand feet of cable may 
be used with low impedance mies, but if high impedance 
mies are used, the high frequency response (above about 5 

kHz) drops off drastically as the cable is made longer than 
20 feet. This is because the cable acts as a shunt capacitor 
across the microphone. High impedance cables also pick up 
considerably more hum and noise than do low impedance 
ones. 

Low impedance mies are usually supplied in a "balanced" 
configuration. Technically, this means that each side of the 
output (three wires are used, two signal and one ground) has 
an equal impedance to ground as the other lead. For instance, 
the impedance from one lead of a 200 -ohm balanced mic 
to ground would be 100 ohms. The impedance from one lead 
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Fig. 10-Comparison of transient response time between 
two microphones. Mic A is a good quality capacitor mic, 
while mic B is a good quality dynamic. Note that A 

takes about 15 µS to reach 90 per cent of its peak 
output, while B takes 40 µS to reach 90 per cent, with 
both having the same d.c. pulse input. 

70 

Fig. 11-Rigid frame and cloth windscreen on a Senn - 
heiser MD -211 omnidirectional dynamic mic. 

to the other would be 200 ohms. The advantage to going to 
all this "balance" trouble is that one signal conductor, being 
the equal and opposite of the other, will be 180° reversed 
in phase. When an extraneous signal is picked up by the 
cable, the common mode rejection that occurs in the ampli- 
fier cancels the noise out. Most, if not all, professional re- 
cording and broadcast installations used 150-250 ohm bal- 
anced mies exclusively. When the microphone matches the 
equipment in impedance, then there is no mismatch. A low 
impedance microphone may be used with high impedance 
equipment at a sacrifice in signal level, but a high impedance 
mic should never be used with low impedance gear, or over- 
loading, distortion and level loss will result. 

It has been this writer's experience that in microphones, if 
in nothing else in audio, the old adage of "you get what you 
pay for" applies almost universally. The market in this 
country is crammed with just about every conceivable type, 
style, color, and brand name of microphone possible. There 
are a few units which appear to be worth much more than 
their price and a few that are definitely overpriced. 

Used microphones can present the best value, as mies 
which have been used by professionals can sometimes be 
bought at less than half their original selling price. Micro- 
phones that come with tape recorders are too often poor 
quality, and, in fact, most home decks and all professional 
studio machines now come without mies. 

Part two of this article will deal with how these micro- 
phones can best be positioned and mounted for accurate 
and pleasing stereo recording. 

(To be continued) 
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Recording in 2 and 4 Channels 
Jim Cordon 

EXPLANATIONS OF STEREO recording are frequent, but 
there seems to be little about practical microphone use. 
Here are some suggestions: 

For basic two -channel stereo, our ears want to hear some 
left information, some right information, and some informa- 
tion common to both channels. Suppose we record two 
acoustic guitars playing together, each on its own separate 
track, basically two mono signals. Playback of two mono 
signals sounds OK on speakers, because some of the sound 
from each speaker reaches the opposite ear. But listening to 
the two mono signals with earphones is uncomfortable and 
sounds unnatural. Now suppose we record a third guitar, 
playing in sync with the first two, on its own separate track. 
Then we play it back in the center, that is to both left and 
right speakers, along with the first two guitar tracks. Adding 
this center mono signal common to both sides satisfies our 
ear's desire for sound common to both channels. It sounds 
good on both speakers and earphones. 

Some might say that this isn't "real stereo," only three 
mixed mono sources. I'd like to answer this by saying that 
different styles of micing are only different tools. You 
wouldn't use a screwdriver to pound a nail or a hammer to 
turn a screw. Whatever type of micing that sounds best to 
you is right; there are no hard and fast rules. 

Two Channels 
Suppose you're recording two sound sources, a singer and 

a piano. You might place a microphone close to each, making 
basically two mono recordings. Or you could put the mics 
closer to each other, so that upon playback, each ear hears 
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Fig. 1-Recording a stage performance with two car- 
dioids. 

Fig. 2-Two E -V RE -16s in Atlas TM -1 mount. 

some sound common to both. Our ears want some of that, 
remember. Recording this way would have less stereo separa- 
tion, but might be aesthetically more pleasing. More toward 
"real stereo." But in the first case on the piano, you could 
use a mic best for recording the piano. And the same with 
the singer. The closer you get to "real stereo," the more 
two matched microphones of the same kind are necessary. 

The simplest way to record stereo is to set two cardiod 
mics, in front of the sound source, just as you would sit in 
front of two stereo speakers. This is a good way to record 
where the principal sounds or performers tend to arrange 
themselves in a straight line, as on a stage or bandstand. 

Try this: (Fig. 1) Draw line LR between the extreme right 
and left front sound sources (not the edges of the stage). 
Make an equilateral triangle so that LR=LM=RM. Bisect 
LM and RM, and at those spots put two cardiod mics facing 
straight forward. Don't angle them. You'll get a recording 
that has good stereo effect, no hole -in -the -middle, and re- 
produces the original balance. It's important to measure the 
set-up carefully; if you just estimate the dimensions it won't 
work very well. Hang the mics from the ceiling if you like. 
Use the same formula and do your measuring on the floor. 
Aim the mics straight ahead and angle them down toward a 
point mid -way between the front and back of the stage. 

Sometimes it's desirable to put both mics on one stand. 
Atlas makes a TM -1 "twin -microphone mount" that supports 
two mics on one stand. For most situations use two cardiods 
at a 90° angle to each other (Fig. 2). 

To record a stage performance (Fig. 3), draw line LR 
between the extreme right and left sound sources. Bisect 
LR, at M. Draw perpendicular line MX equal to ' LR. Put 
your mics at X. 

If the sound source is within a foot or two of the micro- 
phones, you may get a hole -in -the -middle, so angle the 
microphones in a bit. If you can monitor with earphones, 
snap your fingers or jingle car keys back and forth while 
you're "angling" to eliminate the hole -in -the -middle. If 
the sound source is a very large distance away, you may 
want to angle the microphones outward, although at large 
distances both mics tend to receive the same sound. Moni- 
toring with earphones again helps. 

Four Channels 
One simple way to record four -channel sound (on a two - 

channel recorder) is to use a stereo mic made of two bi- 
directional sections, such as a Bang & Olufsen BM -5. This 
mic consists of two bi-directional ribbon elements. If you 
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There are some things 
you'll appreciate about a Dual 

right away. 
Others will take years. 

You can appreciate some things about a Dual 
turntable right in your dealer's showroom: its clean 
functional appearance, the precision of its tonearm 
adjustments and its smooth, quiet operation. 

The exceptional engineering and manufacturing 
care that go into every Dual turntable may take years 
to appreciate. Only then will you actually experience, 
play after play, Dual's precision and reliability. And 
how year after year, Dual protects your precious 
records; probably your biggest investment in musical 
enjoyment. 

It takes more than features. 
If you know someone who has owned a Dual for 

several years, you've probably heard all this from him. 
But you may also wish to know what makes a Dual 
so different from other automatic turntables which 
seem to offer many of the same features. For example, 
such Dual innovations as: gimbal tonearm suspensions, 
separate anti -skating scales for conical and 
elliptical styli, and rotating single play spindles. 

It's one thing to copy a Dual feature; it's quite 
another thing to match the precision with which 
Duals are built. 

The gimbal, for example. 
A case in point is the tonearm suspension. 

Dual was the first manufacturer of automctics 
to offer a true twin -ring gimbal suspensior. 
More importantly, every Dual gimbal is hand 
assembled and individually tested with 
precision instruments especially developer by 
Dual. The vertical bearing friction of this 
gimbal is specified at 0.007 gram, 
and quality control procedures 
assure that every unit will meet this 

e 

Dual 

specification. Only by maintaining this kind of tolerance 
can tonearm calibrations for stylus pressure and 

anti -skating be set with perfect accuracy. 
Other Dual features are built with similar 

precision. The rotor of every Dual motor is dynamically 
balanced in all planes of motion. Additionally, each 

motor pulley and drive wheel is individually examined 
with special instruments to assure perfect concentricity. 

The Dual guarantee. 
Despite all this precision and refinement, Dual 

turntables are ruggedly built, and need not be babied. 

Which accounts for Dual's unparalleled record of 
reliability, an achievement no other manufacturer can 

copy. Your Dual includes a full year parts and labor 
guarantee; up to four times the guarantee that other 
automatic turntables offer. 

If you'd like to read what several independent 
testing laboratories have said about Dual turntables, 
we'll be pleased to send you reprints of their impartial 
reports. To appreciate Dual performance first hand, we 
suggest you visit your franchised United Audio dealer. 

But your full appreciation of Dual precision won't 
really begin until a Dual is in your system and you 
hear the difference it will make on your own records. 

Dual 1216 _- 
Play after play. Year after year. 

United Audio Products, Inc., 120 So. Columbus Ave., Mt. Vernon, N.Y. 10553 
Exclusive U.S. Distribution Agency for Dual. 

Check No. 50 on Reader Service Card 
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Fig. 4-Four-channel mic fixture 

Fig. 5-Four Sony ECM -21s on four -channel mic fix- 
ture. 

set the two sections 90° apart, sounds from in front and 
back of the mic will be in phase, while sounds from the 
sides will be out -of -phase, producing matrixed four -channel 
recording. Ideally, it should be played back thru a Dynaco- 
type decoder, but other types will work well too. 

To record a stage performance, place the microphone as 
shown in Fig. 3. Set it to 90°. Aim the 45° mark on the 
mic toward the stage. What if your sound sources have no 
"front line," like a string quartet? Place the mic in the mid- 
dle, 6 to 8 feet in the air if possible. 

If you have a four -channel recorder, you can use four mics 
close to the sound sources. This is basically four mono 
signals. The "real stereo" equivalent may be more desirable. 
You'll need a fixture to mount four mics together. Figures 

4 and 5 show one made of '/a -in. aluminum. A local machine 
shop made this one for me. The holes have 5/s"-27 threads. 
The upright pieces are Atlas AD -7 3 -in. tubes. Use four 
cardiods at 90° angles to each other. To record a stage 
performance, use the set-up shown in Fig. 3. 

Additional Notes 
It goes without saying that your microphones should be 

in phase. They should be the same make and model, unless 
you're just recording simultaneous mono sounds. It's a good 
idea to balance your levels on the recorder before recording. 
A cheap portable FM radio can be a handy tool here; tune 
the radio in between stations to get the white -noise "rushing" 
sound. Set the radio volume to a level comparable to what 
is to be recorded, if possible. Put the radio midway between 
the mics, so that they both receive an equal amount of sound. 
Set the mic level controls on the recorder so that the VU 
meters read the same. Æ 

The New 
WEST 
Garehime's Music Co.; Las Vegas, Nevada 
Paulson's; Tacoma, Washington 
Stereo Northwest; Seattle, Washington 
Hawthorne Stereo; Portland, Oregon 
Hi Fi Sales Co.; Mesa, Arizona 
Stereo & Things Inc.; Tempe, Arizona 
Audio Arts; Livermore, Calif. 
Audio Vision; Ventura, Calif. 
Audio Vision; Santa Barbara, Calif. 
International Sound; Modesto, Calif. 
Kustom. Hi Fi; Burlingame, Calif. 
Calif Hi Fi; Van Nuys, Calif. 
Calif Hi Fi; City of Commerce, Calif. 
Mal Sykes TV & Hi Fi; Sacramento, Calif 
Mission Electronics; Riverside, Calif. 
Shelley's Audio Inc.; Panorama City, Calif 
Shelley's Audio Inc.; Los Angeles, Calif. 
Shelley's Audio Inc.; Berkley, Calif 
Sound Company; San Diego, calif. 
Stereo City; Eureka, Calif. 
Woodland Stereo; Wood/and Hills, Calif. 

EAST 
Paul Heath; Rochester, N.Y. 
Sego Electronics; N.Y., N.Y. 
Suffolk Audio; Islip, N.Y. 
Utica Audio; Utica, N.Y. 
Stereo Emporium; Buffalo, N.Y. 
Lawrence Sound Depot; Flemington, N.J. 
Mainline Music Co.; Stroudsburg, Penn. 
Tech Hi Fi; Randolph, Mass. 
Myer Emco; Washington, D.C. 

Columns 

The RTR columns are a new concept in transducer 
application which by design exhibit a broad 
band of preferred loudspeaker characteristics. 
Each elegant walnut enclosure houses multiple 
ultralinear butyl edge suspension woofers: one of 
which is planar resistive loaded. This technique 
is accomplished by floor loading a woofer through 
a predetermined planar slot. which yields maximum 
acoustic low frequency coupling, increased damp- 
ing, and a smooth rolloff above 100 Hz. This 
powerful low frequency concept is the corner- 
stone of the new RTR column speaker system. 
Write for complete information and specifications 
for: 

MODELS 180D and 280 DR' (COLUMNS) 
MODELS ESR 6 and HPR 12 

' Patent applied for 

MIDWEST 
Audio Concepts; South Bend, Ind. 
Community Electronics; Lafayette, Ind. 
Appletree Hi Fi; Dekalb, Ill. 
George Fillip Music Co.; Aurora, Ill. 
Gill Custom House, Inc.; Chicago, Ill. 
Tech Hi Fi; Chicago, Ill. 
Good Vibes Sound; Champaign, Ill. 
Audio King, Inc.; Minneapolis, Minn. 
Jensen's Stereo; Burnsville, Minn. 
Romans's Audio Classic; Minneapolis, Minn. 
Electronics Etcetera; Berkley, Michigan 
Stereoland; Fargo, No. Dakota 
Frey's Electronics; Aberdeen, So. Dakota 
Affiliated Audio Engineering; Massilon, Ohio 
Audio Warehouse; Niles, Ohio 
L & B Sales; Columbus, Ohio 
Hoffman's House of Stereo; Brookpark, Ohio 
Stereo Labs; Columbus, Ohio 
Stereo Labs; Cincinatti, Ohio 
The Stereo Shop; Cedar Rapids, Iowa 

SOUTH 
W. R. Gibson Audio; New Orleans, La. 
Audio Specialty; Baton Rouge, La. 
Arnold & Morgan Music Co.; Garland, Texas 
Audio Concepts, Unlimited; Denton, Texas 
Sounds Unlimited; Corpus Christi, Texas 
Toby Corp. of America; Fort Worth, Texas 
Westpark Electronics; Arlington, Texas 
Sound Idea; Arlington, Texas 
Potomac Systems; McClean, Virginia 
Atlanta Audio Project Limited; Atlanta, Georgia 
Bowden's Audio; Athens, Georgiac 
Interiors Plus Sound; Fort Lauderdale, Florida 
Luskin's High Fidelity; No. Miami Beach, Florida 
Tweeter Etc.; Miami, Florida 
Gibson Audio; Fort Walton Beach, Florida 
House of Sound & Sight Limited; West Palm 

Beach, Florida 

RTR Industries, Inc., 8116 Deering Ave., Canoga Park, CA 91304 (213) 883-0116 
Check No. 36 on Reader Service Card 
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The ADC XL1VI a class by itself." 

That's the way Stereo Review described our XLM. High Fidelity head- 
lined their review, "Superb new pickup from ADC" and went on to say, 
...must be counted among the state of the art contenders" And Audio 

echoed them with, "The ADC-XLM appears to be state of the art" 
With the critics so lavish in their praise of the XLM, there's hardly any 

necessity to add anything. Far better to let the experts continue to speak 
for us. 

" 

Frequency response The CBS STR-100 test 
record showed less than± 1.5dB variation up 
to 20,000Hz. Stereo Review 
S. response is within ±2dB over the entire range. Audio 
Frequency response is exceptionally flat. High Fidelity 

Tracking This is the only cartridge we have seen 
that ús really capable of tracking almost all stereo discs 
at 0.4 grams. Stereo Review 
The XLM went through the usual torture test at 
0.4 grams (some top models require more than a 
gram). High Fidelity 
The XLM is capable of reproducing anything found on 
a phonograph record. Audio 

Distortion Distortion readings...are almost 
without exception better than those for any other model 
we've tested. High Fidelity 

Aoc 

The XLM has remarkably low distortion in comparison 
with others. Audio 
At 0.6 grams the distortion was low (under 1.5 per 
cent). Stereo Review 

Hum and noise The XLM could be instrumental 
in lowering the input noise from the first stage of a 
modern transistor amplifier. Audio 
The cartridge had very good shielding against 
induced hum. Stereo Review 

Price This would be a very hard cartridge to surpass 
at any price. Stereo Review 
We found it impossible to attribute superior sound to 
costlier competing models. High Fidelity 
Priced as it is, it is a real bargain in cartridges. Audio 

The Pritchard High Definition 
ADC-XLM $50. 

AUDIO DYNAMICS CORPORATION 
Pickett Distr ict MllfUrd C,,nnecticut 06776 

Check No. 5 on Reader Service Card 



Fundamentals of 
Loudspeaker Design 

Michael Lampton and Lee M. Chase 

THE 

LOUDSPEAKER is, to many people, the most mys- 
terious part of the modern sound reproducing system. 
Each year, a few manufacturers introduce "totally new" 

loudspeaker systems and claim extraordinary performance 
achievements; often, they boast of applying new principles 
unknown to their competitors. In fact, the fifty -year -old 
electrodynamic loudspeaker is capable of excellent perform- 
ance, but a speaker system (the loudspeaker and its en- 
closure) does have limitations. One purpose of this article 
is to remove the mystery of loudspeaker design and show 
just what the design limitations are. Another purpose of the 
article is to dispel a number of untruths which have grown 
up in this field: that a bigger woofer is always better; that 
a sealed enclosure always outperforms a vented enclosure (it 
is, in fact, a special case of the vented design); that a bass - 
reflex should always be tuned to the free -air resonance of 
the loudspeaker. A third purpose of this article is to provide 
the reader with some definite, quantitative engineering data 
in the form of graphs, which can be applied to existing or 
planned loudspeaker systems as a guide to their improvement. 

Il. The Theory of Loudspeaker Performance 
In this section, we'll take a look into the theory of "direct 

radiator" (hornless) electrodynamic loudspeakers. A more 
complete treatment is given in the Appendix and in the 
references. 

The theory of the frequency response of a loudspeaker 
can be boiled down to one simple formula: 

'em 'radResponse = 

Response _ 
Ir,m + ZI2 

In this formula, r,,, represents the electromagnetic driving 
power of the magnet and voice coil; this factor is constant 
with respect to frequency. The quantity r ,d is the so-called 
"radiation resistance" which describes the useful acoustic 
load on the cone's motion; it increases as the square of the 
frequency until the frequency reaches the speed of sound 
divided by the cone's diameter. At higher frequencies rd 
becomes approximately constant. Finally, z represents the 
total mechanical impedance of the speaker's moving parts. 
The important thing to remember about z is that, throughout 
the speaker's frequency midrange, z is proportional to the 
frequency. So, its square is proportional to the square of 
the frequency, and the response throughout the midrange is 
flat! This happy cancellation of the f2 factors, then, requires 
two conditions: 

(1) rd must vary as f. As we have seen, this condition is 
met at low and medium frequencies; it fails at high frequen- 
cies. 

(2) z must vary as f. This is termed "inertia controlled 
motion (see ref. I) and is a hood approximation at the middle 
and high frequencies. It fails at low frequencies. 

Due to these requirements, a loudspeaker has two limita- 

tions to its response: at the high end, requirement #1 fails; 
at the low end, requirement #2 is not satisfied. 

The high frequency limitation occurs as a result of the 
short wavelengths of high frequency sounds. The wavelength 
corresponding to a frequency f is given by X = c/f where 
c is the speed of sound, 343 meter/sec or 1130 feet/sec. A 
1000 Hz tone thus has a wavelength of about one foot. At 
frequencies high enough that the wavelength is smaller than 
the loudspeaker's cone, sound is not radiated in all directions 
(as it is at lower frequencies) but becomes strongly beamed 
in the forward direction. Furthermore, the total amount of 
sound generated starts to diminish at increasing frequencies, 
owing to the radiation resistance losing the battle against 
the steadily increasing inertial impedance. ( Olson [ref. 4] 
describes some ingenious ways around this problem in his 
discussion of wide range loudspeakers.) Since these prob- 
lems set in at above about 1000 Hz for 12 -in. speakers, 
tweeters are usually employed which are designed to cross 
over in the neighborhood of 1 kHz. Tweeters are designed 
according to the same rules which govern woofers; the 
dimensions, of course, come out much smaller owing to the 
higher operating frequency. 

The low -frequency limitation on loudspeaker performance 
is not due to a wavelength effect. It is due instead to the 
forces acting on the loudspeaker's cone which are not inertial. 
These include things like the speaker's suspension stiffness, 
the electro -dynamic driving forces, and above all the pressure 
of the air in the speaker's enclosure. Each of these quantities 
can, to some extent, be minimized, and in designs where 
extreme low frequency response is required, it is essential to 
minimize all of them. There are, unfortunately, practical 
limits to these force -reducing measures. For example, very 
high compliance loudspeakers have very flabby suspensions 
which are prone to causing distortion and bumpy response 
resonances; weak electrodynamic drive will cause low overall 
efficiency and hence distortion and voice coil heating prob- 
lems; and to achieve low enclosure air -compression forces 
requires the use of very large enclosures. As a result, the 
design of loudspeaker systems is a process of making com- 
promises between three basic quantities: 

(a) the volume of the enclosure, V, 
(b) the efficiency of the system, E, 
(c) the low frequency cutoff, f_. 

It has been shown (ref. 9) that any sort of enclosed loud- 
speaker system (air suspension, bass reflex, folded horn, or 
what -have -you) can be assigned a figure of merit, which 
represents the capabilities of that type of system with regard 
to this three-way compromise. The figure of merit is simply: 

figure of merit = E 
f 3v 

where E is the loudspeaker's midrange efficiency. The useful 
feature of this figure of merit is that its value doesn't depend 
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upon how small or large or efficient a system of a given type 
is; it depends only on the type and on certain details of its 
tuning. With E measured in percent, f_ in Hertz, and V in 
cubic feet, the values of the figure of merit for some popular 
loudspeaker types are given in Table I. 

TABLE I 

Figures of Merit for Loudspeaker Systems 
Type Figure of Merit, %/Hz3ft3 

Air suspension, air filled 4 x 10-6 
Air suspension, glass wool filled 5.6 X 10-6 
Bass Reflex, air filled 10 X l0-° 
Bass Reflex, glass wool filled 14 X 10-" 
Exponential Horn, air filled 14 X 10-BxE 

From the table, we note that an exponential folded horn 
can show as good a figure of merit as a reflex design, if its 
efficiency is kept high enough (70% or more). Horns have 
an additional advantage with respect to low distortion; how- 
ever, they are much more difficult to construct than the other 
systems listed in the table. In the event that a high figure of 
merit is not needed, an air suspension system is a practical 
alternative; such systems are very easy to build since no 
tuning is required. In the remainder of the article, we'll 
concentrate on the design of bass -reflex systems. 

In Fig. 1, we show the range of possible compromises 
between the three basic design quantities listed above. Here, 
we have assumed a figure of merit of l0x 10-° which repre- 
sents the performance of which a properly tuned bass -reflex 
system is capable. An additional 40% improvement is possible, 
which can be obtained by filling the enclosure with loosely 
packed glass wool; this has the effect of making the enclosed 
air more compressible and is equivalent to a 40% increase in 
effective volume (for details, see section V on tuning). 

We now have some idea of what the capabilities of loud- 
speakers are. At this point, we shall turn to the problem of 
creating a design which satisfies a set of given requirements. 

III. Measurements for Design 
The first step in a design procedure is to understand and 

measure the quantities like electrodynamic drag and suspen- 
sion stiffness which are sprinkled so liberally throughout the 
previous section and the Appendix. Many of these quantities 
are strictly under the control of the speaker manufacturer's 
magnet builder and cone maker; nonetheless we shall have 
to know their values if we are to do a good job in making 
the system perform well. Some manufacturers respond 
promptly to requests for complete data; others do not. We'll 
outline here how to go about measuring everything needed to 
evaluate a loudspeaker. 

Stiffness. All that is needed to find the stiffness of a 
speaker suspension is a known weight and a ruler. Lay a 
straightedge across the front of the speaker mounting plane, 
and gently prop a ruler against the straightedge with the 
bottom of the ruler resting on the cone. Avoid any contact 
with the center dome of the speaker as this part is very 
fragile; the strong part of the cone is where the front of the 
voice coil is glued to the cone. Use a nonmagnetic ruler, since 
there is a powerful magnetic field in the vicinity of the voice 
coil. Read the ruler where it touches the straightedge, and 
then read again with a (nonmagnetic) weight resting on the 
cone. The stiffness, s is just the ratio of the applied force 
(in newtons; one newton is 102 grams) to the difference of 
the ruler readings (in meters). Compliance is 1/s,, and low 
compliance speakers have stiffnesses of 2000 to 3000 newtons 
per meter. High compliance speakers show stiffnesses of 
about 1000 newtons per meter. 

BL Product. This quantity is a measure of the power of the 
electrodynamic motor which operates the loudspeaker. B 
represents the strength of the magnetic field in the gap, and 
L the length of the wire in the voice coil. B and L need not 
be separately measured. A much easier measurement, which 
gives the BL product, requires only a battery and a millia- 
meter. The test is carried out as described above: Read the 
ruler with zero current and read again with a known current 
on the order of 0.1 amp flowing in the voice coil. The BL 
product is then BL = force/current = (cone displacement) 
x s, /J where the current I is expressed in amperes. Small 
speakers typically have BL products in the range of 5 to 10 
newtons per amp; large high efficiency woofers usually lie 
in the range of 15 to 20 newtons per amp. 

Free -Air Resonance. This quantity is best measured with 
an audio oscillator and an a.c. voltmeter. Connect the oscil- 
lator to the voice coil and measure the voltage there with the 
speaker sitting face up on a table or chair. As the frequency 
is varied, you'll notice a large peak in the voltage and cone 
motion at the free -air resonant frequency. Also note the width 
in frequency of this peak, which is a measure of the open - 
circuit Q factor, Qo: Qo = f, /Of, where f, is the resonant 
frequency and ¿f is the width of the resonance peak, mea- 
sured at the 3 decibel down points. The quantity Qo is a 
measure of the suspension friction, r,, since r, = s,/(27rQof,). 
The suspension friction usually lies in the range of 1 to 3 
newton seconds/meter. The free -air resonant frequency is 
used to find the effective mass of the cone and its air load, 
from the formula m, = 0.0254 s,/f,' kilograms. Typical 
values of f, are 20 and 30 Hz for large woofers and 40 to 
60 Hz for smaller wide -range speakers. Masses are typically 
0.04 to 0.06 kilograms for large woofers and 0.01 to 0.02 
kilograms for the smaller speakers. 

Area. The piston area, A,, is the area of a circle which 
extends as far as the midpoint of the suspension annulus. For 
the usual type of cloth roll suspensions, the area of a 15 -in. 
frame diameter speaker will be about 0.085 square meters; 
12 -in., 0.050; 10 -in., 0.032; and 8 -in., 0.018. Very high com- 
pliance speakers may have somewhat smaller effective areas 
for their frame sizes, due to the greater area taken up by 
the suspension surround. 

D.C. Resistance. Anyone equipped with an ohmmeter can 
measure the d.c. resistance of a voice coil. In systems where a 
crossover network is to be used, the d.c. resistance of this 
network must be included in R. The output resistance of a 
modern feedback power amplifier is usually negligible. Most 
loudspeakers of recent manufacture have voice coil resistances 
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Fig. 1-An illustration of the relationship between the 
low frequency cutoff (Hz), enclosure volume (cubic feet), 
and system efficiency (%), when the figure of merit is 

equal to 10-5 %/ft3HZ3. 

AUDIO DECEMBER 1973 41 



of about 6 ohms; they are called 8 -ohm speakers because of 
the extra impedance encountered in the crossover network 
and the excess impedance appearing in the form of induct- 
ance at the higher audio frequencies. With the measurement 
in hand, several important quantities can be calculated. First, 
the electrodynamic drag, r, is the mechanical resistance 
offered by the piston when the voice coil is short circuited 
(or connected to a low impedance amplifier output). This 
quantity shows up in the equations for the response and the 
efficiency. It is calculated from the formula r,=(BL)2/R. 
Small speakers usually have values of r,,, in the range of 
5 to 10 newton seconds per meter, while larger ones give 20 
to 30 ns/m. The efficiency of the loudspeaker is then 
Efficiency = 0.0556 r,A,2/m,2 percent. The short circuit 
Q factor of the loudspeaker is obtained from the formula 
Q= s, ,m,/(r,,,+r,). It is this quantity which has an ex- 
tremely important effect on the choice of the optimum en- 
closure for a given speaker. It is a ratio of the reactances 
of the speaker's cone to the damping forces and so dictates 
the best tuning of the final design. Typical values of Q lie 
in the range of 0.2 to 0.5-not a large range, all considered, 
but as we shall see, Q is a rather critical quantity for systems 
in which flat response is needed. 

The measurements and calculated quantities summarized 
above are the data needed to characterize a given loud- 
speaker. For purposes of comparison, we have tried to give 
the ranges of values found for popular speaker types. In 
section IV we shall discuss the enclosure and speaker re- 
quirements needed to create a system having given proper- 
ties. Before doing this, however, we'll look into the proper- 
ties of the enclosure itself. 

Enclosure Air Stiffness. When a chamber containing air is 
compressed, it exerts pressure greater than its static baro- 
metric pressure on the piston doing the compressing. If the 
area of the piston is A,, the force per unit displacement is 
s2 = 142,000 A,2/V where V is the volume of the chamber in 
cubic meters (a cubic meter is 35.3 cubic feet). The constant 
in this formula is the product of the sea -level air pressure, 
102,000 newton/square meter, and the adiabatic factor for air, 
1.4. In small enclosures, this air stiffness easily dominates the 
stiffness of the speaker suspension. Since this stiffness is an 
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Fig. 2-These curves are used to determine the proper- 
ties of a speaker that will meet the desired low frequency 
cutoff and enclosure volume requirements as shown in 
the design illustrations. 

important limitation in achieving a low system -cutoff 
frequency, it is desirable to find ways to minimize this 
quantity. It is clear from the formula that a small speaker 
will have a great advantage in this regard, especially is the 
enclosure must be small. Another technique for diminishing 
s, is to pack the entire interior of the enclosure with fiberglass 
wool, which adds thermal inertia to the compressible air in- 
side and reduces the adiabatic factor to close to 1.00. The 
resulting stiffness is then approximately 102,000 A,2/V. 

Vent Air Mass. This mass, which we shall abbreviate as 
m2, is essentially the mass density of air times the volume 
of the duct. Two corrections to this identification are neces- 
sary, however: first, it is necessary to take into account the 
fact that the piston velocity and vent air velocity occur with 
differing flow cross-sectional areas which requires a factor of 
(A, /A2)2; the other correction takes into account end effects. 
The correct formula for the effective mass of the air in the 
vent is m2 = 1.2 A,2 (L + /A2)/A2 kilograms, where L is 
the length of the duct in meters and A2 is its cross sectional 
area in square meters. This formula can be inverted to give 
the duct length if the desired mass and area is known: L = 
0.83m2A2/A, 2- (-A2 meters. If this comes out negative, use a 
larger duct cross section. If it comes out approximately zero, 
you don't need a duct behind the vent; just cut a hole of 
area A2. 

Strictly speaking, careful design should also take into ac- 
count the effects of resistance in the vent. This resistance 
arises from the acoustic radiation of the vent, and also from 
the viscous frictional force acting on air passing through a 
hole. As was pointed out by Novak (reference 5), these forces 
are substantially smaller than the other losses in the system 
and can be ignored. We recommend that all damping ma- 
terial used in the enclosure be kept away from the vent to 
keep this approximation valid. 

IV. Choosing a Loudspeaker 
In this section, we shall present a straightforward method 

for designing a speaker system which meets requirements 
specified by the user. The designer will have to start by 
determining his specifications in the following three areas: 

(a) the allowed enclosure volume, V; 
(b) the required efficiency, E, and 
(c) the low frequency cutoff, f,. 

Cost is usually also an important limitation but it cannot be 
handled very well theoretically. Distortion is another quantity 
in this class; generally, distortion is minimized by choosing 
the largest diameter woofer compatible with the other design 
objectives. 

The designer cannot independently specify all three of the 
parameters listed above. Specifying any two of them fixes the 
third, as we have seen in section II. Figure 1 provides a 
handy guide for reaching a satisfactory compromise with 
regard to these quantities. Figures 2 and 3 illustrate the 
detailed relationship between these quantities, in terms of 
the properties of the woofers capable of satisfying the design 
goals. By means of Figs. 4,5, and 6, we shall give three design 
illustrations which show how a satisfactory woofer is chosen. 
Finally, in Figs. 7, 8, and 9, we'll show how the enclosure 
should be tuned to provide the performance needed. 

System Performance. Figure 2 illustrates how the low 
frequency 3 dB cutoff, f,, is affected by enclosure size. To 
use this curve, you must know the suspension stiffness, s 
and the free -air resonant frequency, f of the speaker. If, 
for example, the stiffness is 1000 newton/meter, then the 
horizontal scale reads the enclosure volume directly in cubic 
feet. If the free air resonance is 25 Hz, then the vertical 
scale reads the cutoff frequency directly in Hertz. Suppose, 
however, that you have a 12 -in. speaker with s, =2400 n/m 
and f, = 50 Hz. In addition, suppose you wish to investigate 
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It's the feeling you get when the music really reaches you. Which may not be often, unless 
you go to a lot of live performances. 
Until now, no sound system could give you the experience of a live performance. That's 
why the Leslie Plus 2 Speaker System was invented. Two superb speakers with built-in amp- 
lifiers that you add to your present stereo speakers. Four -speaker sound that, quite frankly, 
transforms your present sound into the most sensational and true live sound you've ever 
heard. 
The Leslie Plus 2 Speaker System is such advanced design that it has just been awarded a 
government patent. No other system has a patent for this process. We got it for some highly 
technical breakthroughs ... which, in terms of listening, effectively eliminate the dead spots* 
in your listening area. 
But then everyone talks about technical data and charts. That's not what we're here for. The 
only way you can really evaluate the Leslie Plus 2 Speaker System is to go and hear it. 
Let the goose bumps be your test. 
*When sound waves bounce from the walls of your room, "standing waves" are created. These 
"standing waves" alter the true dynamics of the recording. 

MODEL 430 LESLIE PLUS 2 SPEAKERS MODEL 450 LESLIE PLUS 2 SPEAKERS 

ELECTRO MUSIC, CBS MUSICAL INSTRUMENTS, A DIVISION OF CBS, INC., 56 WEST DEL MAR BOULEVARD, PASADENA, CALIFORNIA 91105 
Leslie is a registered trademark of CBS, Inc. 

Check No. 1 on Reader Service Card 



the use of a 4 -cu. ft. enclosure. Then, the cutoff frequency is 
found as follows: the horizontal scale point is 

Vol. x s,/1000 = 4 x 2400/1000 = 9.6 
From the graph for 12 -in. speakers, we read off 

f, x 25/f, = 24 
Since f, = 50, we have f_ = 48 Hz. Thus, the proposed 
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Fig. 4-The range of speaker free -air resonances and 
suspension stiffnesses that will meet or exceed the 
requirements set forth in design illustration 1. 

system can be expected to provide smooth response down to 
48 Hz. The efficiency of the system can be determined from 
Fig. 1 or Fig. 3. In Fig. 3, the abscissa is again 9.6; on the 
12 -in. speaker curve we obtain 

E x (s,/1000) x (25/f,)3 = 1.45, 
so that E = 4.8%. 

In this illustration we specified only one of the three design 
parameters (the enclosure volume) since the properties of the 
speaker were given. Ideally, however, we would like to use 
the curves to find out what speaker(s) will meet the system 
specifications. Furthermore, from a practical point of view 
we should like to have the speaker requirements come out 
such that the system can be built with speakers now available. 
We shall adopt the rule of thumb that suspension stiff- 
nesses between 800 and 2500 newtons/meter and free air 
resonant frequencies between 20 and 60 Hz are reasonable, 
and that speakers with values outside this range will be 
difficult to find. 

Design Illustration #I: Deep Bass. Moderate Size. In this 
illustration we shall specify that: 

f, = 30 Hz or less, 
V = 4 cu. ft. 

There are a large number of combinations of suspension 
stiffness and free -air resonance that will permit us to meet 
or exceed the requirements. First consider speakers with 
s, = 1000 n/m; for these, the abscissa of Fig. 2 will be 4 cu. 
ft. From, say, the 10 -in. curve, we find that 10 -in. speakers 
with 

(f,/f,)x25 = 23 

will meet our requirements if f, = 33 Hz. If f, is less than 
33 Hz we shall be able to exceed the required specifications. 
Similarly a 12 -in. speaker with s, = 1000 n/m will enable us 
to exceed the requirements if f, is less than 21 Hz. (The 
efficiencies in these cases will be less than or equal to 1.1%.) 
Now consider speakers with s, = 2000 n/m; the abscissa 
is now 8 cu. ft., and from the curves in Fig. 2 we learn that 
a 10 -in. speaker with f, below 43 Hz or a 12 -in. speaker with 
f, below 29 Hz will suffice. By continuing this process for 
various other values of s,, we can plot the acceptable 
combinations of s, and f, which allow the requirements to 
be met. Figure 4 shows the plot for this design example. Any 
10 -in. speaker whose specifications fall within the shaded 
region will permit the system requirements to be met. 
Similarly, any 12 -in. speaker which falls in the cross -hatched 
region will also meet the requirements. 

By constructing such a graph, we can tell from a glance at 
the manufacturer's data (or our own measured data) whether 
or not a speaker will be satisfactory in a given application. 

Design Illustration #2: High Efficiency. Moderate Bass. Let 
us specify for this illustration 

f, = 40 Hz or less, 
E = 5% or more. 

To approach this problem, start by considering speakers with 
f, = 40 Hz. The appropriate point on the vertical scale in 
Fig. 2 will be 

(f,/f,) x 25 = (40/40) x 25 = 25. 
From the (say) 12 -in. speaker curve, we find the required 
value on the horizontal scale to be 9 cu. ft. Using this value 
on Fig. 3, we learn that 

E x (s,/1000) x (25/f,)3 = 1.5 
so that to meet or exceed the 5% efficiency requirement, the 
stiffness s, must be less than 1240 newtons per meter. The 
corresponding enclosure volumes will be larger than 7.3 cubic 
feet. 

As in example #1, we repeat this speaker determination at 
other values of f,. For example, if f, = 30 Hz we find that 
satisfactory 12 -in. speakers will have s, less than or equal to 
620 n/m. By gathering other points in the same way, we 
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":..the most powerful 
stereo receiver in its price class by a 

considerable margin..." 
A challenging claim? 
Not at all. Just a statement of fact by Hirsch - 

Houck Laboratories as published in Stereo Review, 
September 1973. 

They're describing the new Pilot 254 and 
they go on to say, "Our test measurements clearly 
showed that the advertised specifications for the 
Pilot 254 are not only honest, but quite 
conservative:' 

Separating verifiable fact from advertising 
fiction is a testing lab's specialty. Making sure 
that every Pilot product meets or exceeds every 
one of its specifications is our specialty. 

How well we do our part, may be judged 
from the rest of the Hirsch -Houck report. 

The Pilot 254 specifications read: 65 honest 
watts per channel, 8 ohms, both channels driven. 
The Lab finds, "At 1000 Hz, the outputs clipped 
(were overdriven) at 82 watts per channel..." 

We rate harmonic and I.M. distortion at 
0.4% and 0.5% respectively. They find, "At Pilot's 
rated 65 watts per channel output level, distortion 
was 0.1% to 0.15% from 20 to beyond 10,000 Hz, 
reaching a maximum of 0.25% at 20,000 Hz:' 

In evaluating the FM tuner section, the Lab 
reports, "FM tuner performance was well up to 
the standards of the audio section:' 

The Pilot 254 Stereo Receiver $429.00* 
'Manufacturer s suggested retail price 

We rate IHF sensitivity at 1.8 uV with 
harmonic distortion at 0.4% mono and 0.8% 
stereo. They find, "...a 1.7 uV IHF sensitivity and 
only 0.16% harmonic distortion at almost any 
useful signal level with mono reception. The stereo 
distortion was about 0.5%:' 

We list capture ratio at 1.5 dB. They find, 
"The capture ratio was an excellent 1 dB..." 

And they go on to confirm the same out- 
standing performance figures for noise, stereo 
separation, image rejection and all the rest. 

Finally, they sum it all up with, "...we could 
not fault this fine receiver in any respect:' 

Listen to the Pilot 254 and you will agree. 

For the complete text of the report and 
additional information write: Pilot, 
66 Field Point Road, Greenwich, 
Conn. 06830. 

Check No. 33 on Reader Service Card 



arrive at the plot in Fig. 5 which allows the range of satis- 
factory loudspeaker parameters for this design example. 

Design Illustration #3: High Efficiency. Small Size. Let 
us suppose that we require 

E = 5% or more, 
V = 3 cubic feet. 

Consider first speakers with s, = 1000 n/m. We again use 
Fig. 3 to fix the needed efficiency; for (say) 12 -in. speakers 
we have 

E x (s,/1000) x (25/f,)3 = 2.2 
which is satisfied only if the free -air resonance is above 33 
Hz. Similarly, if s, = 2000 n/m, then the free -air resonance 
must lie above 45 Hz for 12 -in. speakers. Figure 6 shows the 
ranges of speaker characteristics which can be used in systems 
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Fig. 6-The range of speaker free -air resonances and 
suspension stiffnesses that will meet or exceed the re- 
quirements set forth in design illustration 3. 

2000 

meeting the requirements of this design example. For all 
these systems, the 3 dB cutoff frequency will lie at or above 
57 Hz. 

Designing Your Own System. To design your own system, 
the following procedure should be used: 

I. Write down your definite requirements, following the 
guidelines given at the beginning of this section. 

2. Construct a graph of acceptable speaker specifications, 
following the procedure in the appropriate design illustration 
above. 

3. Purchase a loudspeaker which meets the requirements 
found in step 2. 

4. Build and tune an enclosure following the procedure 
given in the next section. 

V. Tuning the Speaker System 
The previous section showed how to find a loudspeaker 

capable of delivering the required performance. In this 
section, we'll show how to set up the correct enclosure re- 
actances and loudspeaker damping, so that the desired per- 
formance can be obtained. At this point it is a good idea 
to measure the properties of the loudspeaker you have 
obtained, as described in section III of this article. 

Enclosure Volume. If the enclosure volume is not one of 
the specified design parameters, it must be obtained from 
Fig. 1 or 2 and from your other requirements. In our design 
curves, we have assumed that the entire volume of the en- 
closure was filled with adiabatically compressible air. How- 
ever, the walls of the enclosure should be covered with a 
sound absorbing material such as fiberglass wool, to avoid 
problems with internal sound reflections in the enclosure. 
This part of the interior is then approximately isothermally 
compressible air. The appropriate volume to use with the 
design curves is then Design Volume = Adiabatic Volume + 
1.4 x Isothermal Volume. Thus, a small enclosure can be 
made effectively larger by using more insulating material. 
The actual internal volume of the enclosure is, of course, 
just the adiabatic volume plus the isothermal volume. 

Mass Ratio. The mass ratio of a speaker system is (see 
ref. 7) the ratio of the effective vent air mass to the effective 
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Fig. 7-These curves are used to determine the proper 
duct -to -cone -mass ratio for a specified enclosure and 
speaker. 
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WIlLE OTHER STEREO MANIEAC1URERS 
WERE BUILDING MORE POWER 

INTO THEIR CONPONRITS, 
WE WERE BIM.DG 

LESS DISTORTION INTO OURS. 

The engineers of this rew receiver ,were 
ordered to give it more watts than ewer aefore. 
"Power's what turns 'em on today" the 
engineers were told. 

It even features a switch for breaking 
windowpane and other household glass. 

11MÚ'\.\\H`\\\\\\\\\\\\\\ 

F 

Ou engineers gave the nev. Yamaha stereo 
rece ve -s 20% less power than cornaetimq 
models. 

Why would they do a thing like thai? 
In order to give you 80% less distortion for 

the same money. 
They know the importance of lower 

distortion compared to higher power ratings. 
Distortion can make you tired of listening. 
It fouls up good sounds, can cause 

heat aches, and drive neighbors bananas. 
And if you're worried about missing that 

20% "egira power, cur engineers say its less 
than 1 dB, which can barely be heard. 

What can be heard is the clean difference 
Yamaha's typically .08%* distortion ampl'fication 
can make. 

Especially after livening for a while 
(people become more :ritical as time goes or). 

Avoid distortion. 
Hear olir new components at your Yamaha 

Audio dealer soon. 

*Report substantiating low Yamaha 
distortion is on file. For a free copy,write: 

YAMAHA AUDIO DIVISION 
Box 6600, Buena Park, California 90620 

Check No. 52 on .Reader Service Card 
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Fig. 9-Required speaker Q for a given enclosure 
volume and speaker suspension stiffness. 

speaker cone mass. We shall abbreviate this ratio as M; so 
m,=Mxm, 

where 
m, = 0.0254 x s, /(f,)2 

The proper mass ratio M for tuning the enclosure can be 
obtained from Fig. 7. Since by this time you will already 
know the value of the loudspeaker's mass, m the proper 
value for m, follows from the definition of M. The actual 
length of the duct can be obtained from the formula given 
in section III; alternatively, the plot in Fig. 8 can be used 
provided that the area of the duct, AZ, is kept equal to the 
square of the duct length obtained from Fig. 8. The shape 
of the duct's cross section is unimportant; only the area is 
of concern. 

Speaker Q. The optimum Q value for your speaker is an 
important quantity, since it governs the damping of the entire 
system. Too low a Q factor corresponds to too much damping 
and will give a system deficient bass response. Too high a Q 
factor means that the system is underdamped and leads to 
boomy bass; that is, the resonator part of the system will 
have more efficiency than the speaker alone, and so the 
output in the neighborhood of the enclosure's resonant 
frequency will be greater than the speaker's midrange output. 
In Fig. 9 we show a plot of the optimum Q factors for loud- 
speakers in a variety of systems. Recall now that the Q 
factor of a loudspeaker is given by the formula 

Q = 
r, + (BL)'/R 

where R is the total d.c. resistance in the voice coil circuit. It 
is likely that the Q value of the speaker you have chosen will 
not be the exact optimum value. Note, however, that Q is 
affected by the total d.c. resistance in the voice coil circuit, 
so that by adjusting the total resistance you have a handle on 
Q. The formula shows that adding external resistance in 
series with the voice coil acts in the direction of increasing 
Q from its short circuit value, i.e. in the direction of de- 
creasing the damping and decreasing the midrange efficiency. 
So, if Fig. 9 tells you to increase the speaker's Q, you need 
only connect an external ballast resistor in series with the 
voice coil to make up a total resistance given by 

R = (BL)' Q Q0 ohms. 
SI (' QO-Q 

If, however, the chosen loudspeaker has insufficient damping, 
the total d.c. resistance must be decreased. This is a more 
difficult task than the previous case. A method for decreasing 
the total resistance by means of a negative output impedance 
amplifier will be the subject of a future paper. In the mean- 
time, we recommend staying away from insufficiently 
damped speakers, unless the discrepancy is small (say, less 
than 30%). A Q error of 20% will usually correspond to a 
response peak in the neighborhood of two to three decibels. 

VI. Construction Hints e 
Constructing a bass reflex enclosure is one of the easiest 

tasks that can be undertaken in the home workshop. The 
basic enclosure is a rectangular box. The dimensions of the 
box must be such that its internal volume is the value 
obtained above. Do not include the duct volume as part of 
the internal volume. The proportions of the box are relatively 
unimportant, provided that there is at least three inches 
of clearance behind the duct. 

The box should be sturdily constructed of a dense material 
such as 3/4 -in. thick plywood or particle board. Most lumber 
yards will cut the wood to your specified size for a nominal 
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Why do we make two 
"top of the line" receivers? 

So you don't have to take 
more power than you really 
need. Or settle for fewer 
features than you really want. 

Let's face facts. It's not the price of the speaker 

that determines power requirements. It's the design. 

And the man who needs less amplifier power may 

not want to limit himself to a "budget" stereo 

receiver. 
We have a simple, sensible answer to this 

problem. Two "top of the line" receivers. The mighty 
TR -1020A puts out 40 watts per channel. The even 

mightier TR -1055 delivers 55. 

The rating for both amps is continuous power 
per channel, both channels operating into an 8 ohm 
load, from 20 to 20,000 Hz. With either unit, har- 

monic and intermodulation distortion are guaran- 

teed not to exceed 0.2% at the rated output.* 
In addition, both amplifiers employ true com- 

plementary output transistors for extremely low 
crossover distortion. And both have separate power 
supply circuits for each channel: That means opti- 
mum performance, minimum crosstalk. You get clean, 
transparent sound. 

Both Tandberg receivers feature tuner sections 
with phase linear ceramic filters, integrated circuit 
IF amplifier, limiter and detector, fully isolated FM 

front end, electronic tuning, switchable AFC and FM 

muting, signal -strength and center -of -channel me- 

ters and positive flywheel tuning. What's more, both 

units boast the same capture ratio: an incredible 
0.9 dB. 

Now let's talk control sophistication. The TR - 

1020A and TR -1055 both have individual treble and 

bass controls for each channel. Sensitivity adjust- 
ments for all inputs. Loudness contour, low filter and 

two high filters. Connections for three separate tape 

recorders. Pre -amp output/power amp input for 
each connection of equalizers, reverb, etc. Power 

effect indicator to help protect speakers and show 

amplifier loading. Front panel tape output/head- 
phone jack. Automatic FM stereo switching with 
indicator lamp. Switched and unswitched AC outlets. 
And much more. 

All of which makes it easier for you to decide 
which Tandberg receiver to buy. Just choose the one 

that best answers the power demands of your speak- 

ers. Either way, you get our top of the line model. 
TR -1020A or TR -1055? The right answer is up to you. 
(Note: There is no wrong answer.) 

'All Tandberg specifications are minimum performance standards. 

TANDBERG 
We're our only competitor. 

Tandberg of America, Inc., Labriola Court, Armonk, N.Y. 10504 
A. Allen Pringle, Ltd., Ontario, Canada 

ice Card Check No. 48 on Reader Serv 



charge. Armed with a screwdriver, drill, and a saber saw, you 
can build a thoroughly satisfactory custom enclosure. Al- 
though we don't recommend it, we have built reflex en- 
closures in sizes up to 11 cu. ft. in the living room of a one 
bedroom apartment. 

The joints of the enclosure must be reasonably air tight 
and above all must be strong. To get this strength, use 1 x 1 - 
in. blocks, plenty of white glue, and screws at all edges. The 
duct and speaker are usually both mounted on the front 
panel. You will need a saber or keyhole saw to cut the holes 
for the speaker and vent. The duct, if needed, should be 
made of a stiff material which won't vibrate. Although stiff 
cardboard will often do, plywood is better. 

Naturally you will want your enclosure to look as good as 
it will sound. We find it convenient to use plywood that has 
a prefinished veneer surface. Another method is to use 
ordinary unfinished plywood and to apply a hardwood veneer 
to the completed enclosure. This is not as difficult as it 
sounds and has the advantage that you need not be con- 
cerned about the wood's surface during the construction. 
The final touch is to use a loosely woven cloth to cover the 
front panel. 

Appendix: Basic Engineering Formulas 
1. Just as in electrical engineering, we shall take all 

alternating forces, velocities, currents, and voltages as being 
proportional to the (complex) quantity e'w' where "i" is the 
unit imaginary quantity equal to the square root of minus 1. 

Also, w is the radian frequency given by 277f with f the 
frequency in Hertz. 

2. The mechanical impedance, z, of an object is the ratio 
of the applied force, f, to the resulting velocity, v, of the 
object. The basic unit of resistance, the mechanical ohm, is 
one newton per meter per second. As in electrical engineer- 
ing, real impedances are called resistances; imaginary imped- 
ances are called reactances. The impedance of a mass is 
f/v = ma/v = iwm. Similarly, the impedance of a spring 
with stiffness, s, is s/iw. Note the important fact that if 
several forces act on an object, the associated impedances 
add together to produce an effective impedance. We shall 
use this concept in discussing the motion of a loudspeaker 
cone subject to several types of force simultaneously. 

3. An electrical conductor of length L meters, moving 
sideways in a magnetic field of B webers per square meter 
with a velocity of v meters per second, will create an induced 
voltage V given by the formula V = BLv volts. One weber/ 
meter' is 10,000 gauss. 

4. A current of I amperes flowing in the above conductor 
causes a force on it equal to BLI newtons. 

5. Power is equal to the product of a force times the 
velocity with which the load moves. If the load is a mechani- 
cal resistance, r, then the power p = fv = r v'. When the 
load is a vibrating piston, its motion produces sound. The 
acoustic power generated can be thought of as being due to 
"radiation" resistance, with 

acoustic power = r,,,v' (i) 
Later we will use a simple formula for r,,, to calculate the 
amount of sound radiated by a loudspeaker system. To avoid 
confusion, we shall use capital letters to indicate electrical 
quantities and lower case to indicate mechanical quantities. 

6. Let's consider for our first step the electrical part of 
the problem: a power amplifier develops a voltage, Vo, which 
is applied to the terminals of the voice coil. Let the total 
electrical resistance of the voice coil circuit be denoted R. 
Then by Ohm's law, IR = Vo - V, where V, is the induced 
voltage caused by the voice coil's motion. Recall that this 
current, I, causes a force on the coil and cone equal to 
f = BLI, and that the cone velocity v, = V,/BL = f/z, 

where z, is the mechanical impedance of the cone. From 
these formulas, we calculate the electrical impedance of the 
system: 

Z = V0/ I = R + V,/1 = R + (BL)'/z, (ii) 
We can also solve the equations for the cone motion, and 
obtain 

v, = V, BL/R 
z, + (BL)'/R 

7. An important characteristic of any speaker system is its 
frequency response, by which is meant the frequency de- 
pendence of its acoustic power output for a constant ampli- 
tude driving voltage. When the radiation comes from the 
cone alone (no vent in the enclosure), we can simply apply 
equation (i) with the velocity given in equation (iii). Specifi- 
cally, we calculate 

acoustic power= r.,, rn Response = 
V'a/R 12, + r",1' 

(iv) 

This dimensionless number is a measure of the amount of 
sound radiated for a given amount of driving voltage. In the 
technical literature it is often referred to as "efficiency, 
which is something of a misnomer since the denominator is 
not exactly the electrical power input-it is rather the power 
that would be fed to a flat resistor R at the same voltage. 
Because amplifiers generate an input -determined voltage, it 
is the response in equation (iv) that we shall be interested in. 
The response is a function of frequency because r,,, and 
(especially) z, depend on frequency. When you have 
obtained formulas for these quantities, we shall be able to 
calculate a system's response. 

Vented systems have, in addition to the cone motion v 
motion of air in the vent. We shall use the symbol v, to 
represent this motion, with v, = (A,/A,) x vent air velocity. 
The factor A, /A, is the ratio of the area of the cone to the 
area of the vent, and puts v, on an equal footing with v,; 
such a definition will simplify some of the subsequent math. 
Again, the response can be obtained from equation (i), but 
now we have two velocities which contribute to the sound 
and their vector sum must be used. Define the vent factor 
F = (v, + v,)/v,; then 

rd rim x F' 
lz, + rI' 

8. The mechanical impedance of a roomful of air, driven 
by one side of a piston whose area is A, square meters, is 
a complicated -looking sum of Bessel functions. At frequencies 
low enough that a wavelength is larger than the piston, how- 
ever, the expression can be greatly simplified. This approxi- 
mation is warranted because, as was explained in section II, 
direct radiator performance is much degraded at higher 
frequencies and must be rolled off. Thus we are primarily 
interested in the long -wavelength -approximation perform- 
ance. 

In this limit, the impedance has two terms. First, there is an 
imaginary term which is proportional to frequency; it repre- 
sents the inertia of the speaker's air load, given by 0.576 
A,' kilograms. The second term is real and is proportional 
to the square of the frequency; it represents the radiation 
resistance r,,, and is equal to 0.022 AA.' where f is the 
frequency in Hertz. 

9. The only remaining quantity in our equations is the 
mechanical impedance of the piston. This piston possesses 
a mass, m and is connected to the (hopefully) stationary 
enclosure wall by its suspension, whose spring stiffness is 
s,. It is also acted on by its suspension friction r its radiation 
resistance r,,,, and, of course, by the pressure of the air in 
the enclosure. The enclosed air stiffness will be abbreviated 
s, and can be evaluated from the form given in section III. 

(V) 
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If they danced in the recording studio, 
what will they do at home? 

We've gone about the serious 
business of designing the best pos- 
sible loudspeaker for professional 
studio monitor use. With computers 
and anechoic chambers and all the 
rest. And, having gained a basic new 
insight into bass speaker performance, 
we've come up with what looks like 
a winner. The Sentry Ill. 

We've run all the curves that prove, 
in a most scientific, sober fashion, 
that the system is really quite good. 
We've got pole! graphs, and frequency 
response curves, distortion measure- 
ments, total power output curves, 
power handling test resifts, and SPL 
data galore. 

But what happens when we dem- 
onstrate the Sentry Ill? Leading 

engineers (whose names we hesitate 
to divulge - but they are top men) 
leap about in their control rooms 
DANCING for heaven's sake! Snap- 
ping their fingers and feeling the 
sound, and reveling in the sensory 
pleasure of a clean first octave. And 
last octave too, for that matter. 

And they run from one side of the 
studio to the other trying to find holes 
in the distribution of the highs ... and 
they can't ... and they LAUGH! It's 
very unseemly (but secretly auite 
gratifying). So we try to thrust our good 
numbers and graphs at these serious 
engineers, but they'd rather listen 
and compare and switch speakers. 
And make rude remarks about their 
old monitors. 

Perhaps you, as a serious-minded 
music lover will stand still long 
enough to heed our technical story. 
And appreciate that the very same 
sonic virtues that intoxicated these 
recording engineers have an honest 
place in your home. Especially when 
your goal is music reproduction at 
or near original concert levels. 

In fact, several recording engineers 
have ordered Sentry liil speakers for 
their own living rooms. Some with 
the accessory equalizer that extends 
response to 28 Hz. 

Please write for our technical 
explanation of the Sentry Ill. You'll 
also get the select list of dealers who 
have been entrusted to demonstrate 
this remarkable speaker. Pay one 
of them a visit ... and bring your 
dancing shoes. 

The New 
SENTRY III 

Monitor Loudspeaker 

gkerokz 
SENTRY lit Frequency Response. 40-18 000 Hz + 3 4B; Sound Pressure on axis at 4' with 50 watt input, 113 dB; Dispersion, 120° horizontal, 6$n vertical; 

Size 28;;Ár x 2014D z 34'4H; We'nht, 15E lbs. $600.00 suggested resale ret. SEQ active equalizer extends response to 28 Hz } 3 dB. $60.00. 

ELECTRO -VOICE, INC., Dept 1234A, 602 Cecil St., Buchanan, Michigan 49107 

Check No. 53 on Reader Service Card 



In the simple case of the unvented box, v2 = 0 and the 
impedance z, is easily obtained: 

z, = iwm, + r, + r,,d + s, + S2 (vi) 
iw iw 

In this formula, m, includes the mass of the cone, voice coil, 
and the mass of the air load associated with the cone's 
motion. 

For the vented case, 

z, = iwm, + r, + rrad + s, + F Sz (vii) 
iw 

where the vent factor F is given by 
F = v, + v2 = r2 + iwm, 

v, r2 + iwm, + s,/iw 
Note that the sealed enclosure is a special 
general formulas (v) and (vii). 

By comparing formulas (vi) and (vii), you will see that it is 
the factor F which distinguishes the sealed enclosure systems 
from those having a vent, i.e. from bass reflex systems. In 
the vicinity of the reflex enclosure's resonant frequency, the 
factor F becomes very large and so does z,. A large value of 
F indicates that most of the sound comes from the vent. It 
also means that, unlike the sealed enclosure case, the loud- 
speaker sees a high impedance at the bottom of its frequency 
range. It can consequently produce lots of radiated sound 
with only a small cone excursion. This fact explains why a 
well -designed reflex enclosure has less low frequency dis- 
tortion than a well -designed air suspension system for the 
same sound output. 

10. A useful quantity which describes the midrange re- 
sponse of a loudspeaker is its "asymptotic efficiency" which 
can be obtained from the above formulas in the limit that 
z, = iwm,: 

Asymptotic efficiency = 0.0556 rº.nA,2/m,2 percent. (ix) 
11. All the formulas discussed above pertain to the analysis 

of some (perhaps hypothetical) existing system. For design 
purposes, however, we want to work the problem the other 
way: we wish to specify the performance of a system, and 
then find out what ingredients are required to achieve that 
performance. This process, usually termed synthesis, is much 
more difficult than analysis of a given system. A mathe- 
matical relationship between Q, S, and M has been dis- 
covered which when satisfied guarantees that the response 
curve will be as flat as possible for a given value of Q. (See 

iw 

(viii) 

case (F=1) of the 
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Fig. 10-Frequency response curves for the speaker 
systems designed in illustrations #1, #2, and #3. 

ref. 6 and 7.) In addition, a maximally flat response curve 
was found to result from choosing Q=0.383, S=1.414, and 
M=1.414. 

These findings have been verified by computer analyses of 
systems designed according to the guidelines presented in 
this article. (See ref. 8.) The results of these studies have 
been used in preparing the design curves in Fig. 2, 3, 7, and 
9. In Fig. 10, we show computer -generated response curves 
for the systems arrived at in design illustrations 1, 2, and 3. 
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