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)est of each 
4 -track units. With three motors and three 
heads, it has virtually every professional 
feature you'd want. Yet it's extremely 
simple to use. In addition to stereo 
record/playback, it also highlights 4 - 
channel playback. The RT -1020H (15, 71 
ips) is the high speed counterpart of the 
RT -1020L. While the RT -1011 L shares 
most of the features of the RT -1020 series, 
it does not include 4 -channel playback. 
The complete extent of their capabilities 
becomes apparent only after you've worked 
with them. Then you'll recognize the 
magnitude of Pioneer's accomplishment. 

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

BIAS EQ 
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12 Bias & Equalization settings optimize 
performance. 

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

nick The Cassette Features You Need 

Model Dolby 
Memory 
Rewind 

Frequency 
Response 
(Chrome tape) 

CT -9191" Yes Yes" 20-17k Hz 

CT -7171' Yes Yes 30-16kHz 

CT -6161`t Yes Yes 30-16kHz 

CT -5151 Yes Yes 30-16kHz 

CT -4141A Yes No 30-15kHz 

CT -2121 Yes No 30-16kHz 
Front loading tt Less Cabinet 

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

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

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

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

me 

Wow & 
Peak Level S/N Flutter 
Indicator Limiter (with Dolby) (%-WRMS) Price$ 

Yes Yes 62dB 0.07 $449.95 

Yes Yes 58dB 0.10 $369.95 

No No 58dB 0.12 $299.95 

Yes Yes 58dB 0.12 $269.95 

No No 58dB 0.13 $239.95 

No No 58dB 0.12 $199.9511 
Plus Ree/Play auto start t Not shown 

Rick The Open -Reel Features You Need 

Speeds 
Model (ips) 

RP -1050 15, 71/2 

Frequency Tape Bias/ 
Response Equalization (- 3dB) Positions 

30-22kHz 3/4 

Wow & 
Flutter 
(% at highest 
speed) 

0.06 

RF -1020Hí 15, 71/2 30-22kHz 3/2 0.06 
RT -1020L 7V2, 33/4 40-20kHz 3/2 0.10 

RT -1011L 71/2, 33/4 40-20kHz 2/2 0.10 
t Rot shown 

Mic Line 4 -Ch. 
S/N Mixing Play Price t 
57dB Yes No $699.95 

55dB Yes Yes $649.95 

55dB Yes Yes $649.95 

55dB Yes No $599.95 

Dolby is a trademark of Dolby Labs., Inc. 

$Prices listed above are manufacturer's suggested resale prices only. 
Actual resale prices will be set by the individual Pioneer dealer at his own option. 



Bringing you the k 
is up to us. 
High fidelity is important to us at Pioneer. 
It's all we do and it's all we care about. 
We are excited that cassette tape decks 
have reached a level of performance that 
meet the highest standards. We are 
excited because we know that it means 
more enjoyment for you from your high 
fidelity system. We also know that you can 
now get more versatility and value out of 
your high fidelity system than ever before. 

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

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

Performance features stack up, too. 

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

Simple vertical cassette insertion 
visible at all times. 

Distortion- and interference -free 
recordings are consistently produced, 
thanks to a combination of wide -scale 
range VU level meters (-40dB to-{-5dB), an 
LED peak level indicator light, a 

selectable level limiter circuit, and an FM 
multiplex filter switch. 

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

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

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

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

ON 

RESET MEMORY 
STOP/PLAY 

o oFF 

Memory rewind with record/play 
automatic re -start. 

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

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

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



Whether you 
use a 
cassette or 
open reel deck 
is up to you. 
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RESIDUE 
PROOF 

Every record cleaner claims to remove 
dirt. But you never read about what 
stays behind. This omission may 
be more than just oversight. See for 
yourself. - - 
500% or Greater Residue 

than gill 

300% 

400% 

zeU\S 

«, QQP 

JyP 
,i - 

z Q 

Actual dry weight measurements of best selling record cleaners. 

But this is just half our story. Only 
discwasher's directional pile brush 
(Pat. Pending) lifts fluid and residue 
off the record by capillary action. 

So things aren't left to air dry. 

Discwasher-the superior record 
cleaner is at Audio Specialists world 
wide. 
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These four major developments 
make the IHIC VENTURI speakers totally 

u u f n I i ke a l l others... and better. 

BIC VENTURI Principle Bass 
Section (pat. pend. ) transforms the 
magnitude of air mass and energy in a 
way never before applied to acoustics. e 
(Fig. A) The result is bass response 1uÁii\\\0\ 
hundreds percent more 
efficient and substantially 
purer in quality than is 
possible from any other 
speaker of comparable size. B 

Biconex Pyramidal Dispersion 
Horn (pat. pend. ) was developed 
to match the demanding capabili- 
ties of the BIC VENTURI bass 
section. It is far more efficient, can 
handle more power and covers a 
wider, uninterrupted frequency 
range than cones and domes. 
And, unlike other horn designs, it 
can't add metallic sound color- 
ation and has truly wide angle 
dispersion in both the horizontal 
and vertical planes, for unres- 
tricted system positioning. 

B - Shows output of low frequency driver 
when driven at a freq. of 22 Hz. Sound 
pressure reading, 90 dB. Note poor wave- 
form. 

C - Output of BIC VENTURI coupled 
duct, (under the same conditions as Fig. 
B) Sound pressure reading 111.5 dB 
(140 times more output than Fig. B) Note 
non -distorted appearance. 

Dynamic Tonal Balance 
Compensation (pat. pend. ) adjusts 
speaker performance automatically 
(when desired) to provide aurally "flat" 
response at all listening levels in accor- 
dance with the Fletcher-Munsen 
hearing characteristics. This is accom- 
plished in a manner which cannot be 
achieved by amplifier loudness or con- 
tour controls. 

Biconez horn 

eo® 

Extended Musical Dynamic 
Range results from the unique 
combination of high efficiency and 
high -power handling capability. 
Even our smallest model, the new 
Formula 1 can be used with amplifi- 
ers rated up to 50 watts RMS per 
channel. The Formula 2 will handle 
75 watts; the Formula 4, 100 
watts; the Formula 6 can take 125 
watts. Yet any of these can make 
Titans of low -powered amplifiers. 

A 4 -page color brochure is 
needed, at the very least, to prop- 
erly describe what makes these 
DEC VENTURI speaker systems 
so different, and we think you'll 
agree, better. So this is what we will 
send you, upon request. Or better 
still, visit your BIC VENTURI 
dealer, and hear for yourself. 

BIC VENTURÌ 
BRITISH INDUSTRIES Co., Inc. 
Westbury, New York 11590 
Div. of Avnet, Inc., In Canada: 
C. W. Pointon, Ltd. 

B.I.0 VENTURI is a trademark of British Industries Co 

Check No. 9 on Reader Service Card 





Our new series is 
so advanced,we expect our 

irrst customers to be 
Audio Research & Crown. 
They'll haul it back to their labs. 

And play it. And play with it. And in 
general, examine it to pieces to find 
out How We Did lt. 

Sony's Vertical Field Effect 
Transistors: What our 

competitors are eating their 
hearts out about. 

It's a shame the term "state of the 
art" has been worn ragged in dozens 
of "This is It, this is finally and really 
It" stereoads. Because anyone in the 
businesswil I tell you that V-FET's are 
the biggest thing since the invention 
of thevacuumtube. V-FET's combine 
all of the advantages of both triode 
vacuum tubes and conventional 
transistors. With none of their dis- 
advantages. 

But nobody else can take ad- 
vantage of these advantagesyet. Ask 
anybody else how their V-FET's are 
coming. The responses will range 
from a forthright and candid "we're 
working on it," to an equally forth- 
right and candid "buzz off" Sony is 
the first company in the world mak- 
ing commercially available equip- 
ment with V-FET's. A power -amp and 
integrated amp. 

Herewith a partial , and over- 
simplified explanation of just what 
in the world we're talking about. 

Triode vacuum tubes: 
Pros and cons. 

To belabor the obvious for a 
moment, in amplifiers, the name of 
thegame is distortion. And until now 
triode vacuum tubes have yielded 
the lowest levels around. That's be- 
cause of their non -saturating voltage 
versus current characteristics. Also, 
they do not suffer from carrier stor- 
age effect (which is standard equip- 
ment with regular transistors, and 
causes notch distortion and deterio- 
ration in transient response). 

So much for the good points of 
tubes. They also tend to be ineffi- 
cient, begin to deteriorate as soon as 
you use them, and wear out. Their 
high impedance characteristics gen- 
eral ly require an output transformer 
to drive the speakers. And there's no 
way you can set up a true comple- 
mentary circuit with vacuum tubes, 
so there's no way you can get true 
wave form symmetry. 

Harmonic distortion components. 
Conventional Transistor The wave of the 

of the past. future. 

Transistor switching lag. The lack of lag with V-FET's. 

One reason nearly everyone will be 
switching to V-FET's. 

Conventional Bi -polar 
transistors: Pros and cons. 
The advantages of bi -polar tran- 

sistors can be dealt with in a sen- 
tence. They're very reliable, very 
efficient and last almost forever. 
But there are a number of bugs in 
the ointment. 

Bi -polar transistors can become 
saturated with current. And they all 
cause switching lag distortion. To 
obtain acceptably low levels of dis- 
tortion, plus wide frequency re- 
sponse, you need to pump in a lot of 
negative feedback. Which can make 
the amp unstable. 

Plus (at no extra charge), as they 
heat up, bi -polar transistors have a 

narked tendency toward thermal 
runaway (which is a fancy way of 
saying they try to self-destruct). 

V-FET's: All pros. And that's 
no con. 

First off, V-FET's are very reli- 
able, very efficient and last almost. 
forever. They.also match the highly 
defined tonal quality previously pro- 
vided only by vacuum tubes. V-FET's 
don't becomesaturated with current. 
But at the same time, they protect 
themselves as temperatures build 
up. So there's no potsibility of ther- 
mal runaway. Their low impedance 
characteristics mean no output 
transformer (the less gizmos in the 
circuit, the better the sound). The 
use of V-FET's allows for better con- 
trol of negative feedback, making 
the amp more stable. V-FET's don't 
have carrier storage effect to cause 
switching lag. And you can use 
V-FET's to build a true complemen- 
tary circuit, thus obtaining true. 
wave form symmetry. And isn't that 
what it's really all about? 

One morething. We'd be less than 
forthright and candid if we didn't 
admit that our new amplifiers are a 

bit pricey. As much as $1300 a piece. 
At Sony, we've always main- 

tained that, in the end, the best way 
to buy equipment is to hear it for 
yourself. So we're making what's 
probably the best offer you've ever 
heard. Have your dealer hook up our 
new V-FET equipment against any- 
thing made by anybody. If we sound 
sure of ourselves, we are. 
' And we'resureyourownearswill 
tell you we've got the best sound 
you've ever heard. 

SONY 
©1975 Sony Corp.of America. Sony, 9 W. 57 St., N.Y., N V. 10019. SONY is a trademark of Sony Corp. Check No. 34 on Reader Service Card 
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"Stuck" Stylus 
Q. After balancing the tonearm, 

setting the tracking force for 2 grams 
(required by my cartridge), and set- 
ting the anti -skating force for that 
same 2 grams, and making sure that 
the cartridge is adjusted properly for 
overhang, 1 put on a record. All went 
well until the arm was about an inch 
and a quarter into the record, the sty- 
lus then gets "stuck." This happens on 
ALL of my records, new and old. 1 

found that I could move the arm 
slightly inward, and once again, all 
goes well for a time. When the arm 
reaches four and a half inches in, it 
once again "sticks." I have tried 
mounting and remounting my cart- 
ridge. I've changed the tracking force 
to 1.5 grams, using both antiskating 
settings for conical and elliptical. My 
tonearm still "gets stuck." 1 know that 
this is not a problem related to worn 
or dirty records because it occurs with 
all of my records. 

I hope the problem is that I am 
doing something wrong and not my 
turntable. Your advice will surely be 
of help.-R. Padilla, New York, N.Y. 

A. I suggest that you obtain a force 
gauge. Use it to check the accuracy of 
your tracking adjustments. Some- 
times the calibrations for tracking 
force are incorrect, and this can only 
be determined by the use of an inde- 
pendent tracking force gauge. Like 
the tracking force adjustments, the 
antiskating force calibrations could be 
incorrect, so that you are using too 
much antiskating force. To obtain a 

reasonably good setting, consider ob- 
taining a blank disc (one having no 
grooves at all) from a recording 
studio. Set the antiskating force so 
that the arm moves neither inward 
nor outward. Move it to various 
points on the surface of the disc. You 
may have to compromise on this ad- 
justment. In some parts of the disc the 
arm will tend to pull inward slightly; 
in other parts, it may pull outward by 
an equal amount. 

Your problem also could be the re- 
sult of defective bearings. They may 
have so much friction that the arm is 

Joseph Giovanelli 

not free to be pulled along by the sty- 
lus. In that case, the turntable should 
be returned to your dealer for repair 
or replacement. 

Paralleling Speakers 
Q. My receiver puts out 70 watts at 

8 ohms and 90 watts at 4 ohms. There 
is provision for two sets of speakers on 
this receiver. Does this mean that my 
resistance is 4 or 8 ohms? I am using 
four 8 -ohm speakers.-Mark Smith, 
East Hanover, N.J. 

A. First you should understand that 
speakers are rated as to impedance, 
not resistance. It's easy to confuse 
these two related, but different 
things. The term impedance takes into 
account both resistance (which is the 
same regardless of frequency) and in- 
ductance (which changes with fre- 
quency). 

The switch on the front panel of 
your amplifier selects Main, Remote, 
or both Main and Remote (together). 
It is not intended to select the impe- 
dance presented to the amplifier. 
When both the Main and Remote 
speakers are operated at the same 
time, the speakers are wired in para- 
llel. Thus, in your case, you would 
have two 8 -ohms speakers in parallel 
on each channel, resulting in an im- 
pedance of 4 ohms. Do not add more 
speakers in parallel. To do so might 
well result in such low combined im- 
pedance (two ohms or less) that your 
amplifier would be damaged. 

More Power From an Amplifier? 
Q. I have a Lafayette 8 -track re- 

corder. I have found that I can run the 
FM portion of my receiver through 
the deck. With the tape switch on, I 

notice a tremendous increase in bass 
and I also notice a considerable in- 
crease in volume. What I think is hap- 
pening is that the tape deck is used as 

an amplifier. Please give me an esti- 
mate of the increase in power that I 

can expect from this arrange- 
ment.-Mark Smith, East Hanover, 
N.J. 

A. Your tape machine, when used 
to alter the sound from your recei- 

ver, is acting as an amplifier, just as 
you have said. Probably there is a 

playback correction network in that 
amplifier, which accounts for the 
added bass. 

Your receiver does not produce 
more power when the tape deck 
amplifier drives it. The power ampli- 
fier can deliver only so much power. A 
preamplifier can only boost the input 
voltage feeding the power amplifier. 
When the voltage reaches the point at 
which the amplifier is delivering its 
rated power, no additional increase 
can take place. Increasing the signal 
input voltage further can only pro- 
duce distortion and possible damage 
to the amplifier's output stage. 

There are also preamplifiers which 
are incorrectly called "power boost- 
ers." These preamplifiers amplify the 
output of musical instruments such as 

electrical guitars. They do not add 
power. They boost the signal to the 
point where it can drive the power 
amplifier to obtain its maximum rated 
power. 

Wiring a Cartridge for Mono 
Q. In some phono cartridge instal- 

lation instructions, the user is direc- 
ted to join the left and right channel 
leads, either at the cartridge or at the 
preamplifier for monophonic ser- 
vice. 

Might this practice not upset the 
cartridge loading characteristics or 
spoil the response in some other 
way?-(Name Withheld), Los Ange- 
les, Cal. 

A. Wiring a cartridge for mono- 
phonic service in the manner des- 
cribed in the instruction manual will 
change the recommended optimum 
load. The actual, audible effect of 
such a change will ordinarily be of so 
little consequence that it is ignored. 

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. 

6 AUDIO AUGUST, 1975 



THE INNOVATORS. BY BOSE. 
The only Direct/Reflecting loudspeaker systems. 

The Bose 901, 501 and Model 301. The only speak- 
er systems that meet the two basic requirements for 
preserving the qualities of live music in reproduced 
sound: the proper balance of reflected drid direct 
sound for spaciousness and clarity; and flat power 
radiation to assure correct frequency balance and 
accurate reproduction of instrumental timbre in an 
actual listening environment. 

The internationally acclaimed 901 system util- 
izing nine full range drivers with an active equalizer 
to provide the ideal balance of reflected to direct 
sound at all frequencies, setting the standard for 
lifelike music reproduction in ire home. 

The uncon entional 501 incaürporating an excep- 
tionally linear 10" woofer and two rearward facing 
tweeters to furnish many of the performance advan- 
tages of the 901 system, but at substantially lower 
cost. 

.Yodel 301 Patents :'ssued and Pendir g 

The new Model 301 offering a unique combina- 
tion of features: Asymmetrical Design, a Direct 
Energy Control and a Dual Frequency Crossover' 
network. This achieves reflected and direct sound 
with flat power radiation in a bookshelf enclosure, 
producing a sound quality that is extraordinary 
from so compact a speaker at so low a price. 

The innovative speakers. From Bose. Each unique 
in concept and design to provide the maximum 
musical enjoyment for your home. One of them 
will ideally meet your requirements. 

Shown above, left to right, 501, 901, and Model 301. 
For information, write to us at room AS. 

The Mountain, Framing'` -am, MA 0170; 



Frequency response and distortion 
are substantially unchanged. Distor- 
tion is probably a bit less because of 
the cancellation of the vertical com- 
ponent caused by the "pinch effect." 

Turntable Cueing Revisited 
In the December, 1974 issue of 

Audio you described one way to cue 
up turntables. 1 can suggest another, 
simpler method which I've used for 
several years to produce top-quality 
tapes, using only a reel-to-reel tape 
deck, two turntables, two Shure pre - 

amps, and a Crown IC -150 preampli- 
fier/control unit. Here's how it works: 

1. Plug outputs from arm into Shure 
stereo preamps. 

2. Plug output from preamplifiers 
into the two tape inputs on the pre- 
amplifier. 

3. To play each table: turn the IC - 
150 function selector to Tape 1 or 
Tape 2. 

4. To cue each table: push Tape 
Monitor 1 or Tape Monitor 2. 

As you can appreciate, when the 
monitor is depressed, there is no 
effect on the Line outputs feeding any 

The critical acclaim 
has peen as impressive 

as the orocuct 
itself, 

These i nc e aenc ent 
test la °oratory reviews 

and these supero 
stereo comoonents are 
now reacily available. 

RSVP 
TEAC Corporation of America 

7733 Telegraph Road, Montebello, California 90640 

connected tape machines. However, 
the main outputs feeding the power 
amps now carry the cue information. 
Further, any adjustment in cue vol- 
ume has no effect on the line out- 
puts. When the monitor function is 
released, the straight program mater- 
ial is still available. 

The separation between the line 
and monitor functions in the IC -150 is 

around 75 dB, more than enough for 
this scheme to work well. This scheme 
will work with any preamplifier or in- 
tegrated amplifier having two tape in- 
puts and two tape monitors. 

True, with this system, no segue is 
possible. In such a situation, I use 
another approach. At my studio, we 
have a Sony MX -16 mixer. It is set up 
so that, at the bottom of each slide - 
pot fader, a micro -switch switches the 
output of the phono preamplifier 
from the mixer input to a pair of 
(added) stereo output jacks, which are 
then connected to a cue amp. Each 
slide -pot on this mixer has been 
equipped with its own micro -switch 
so that all signal sources can be cued. 
Multi -source montages are easy to 
accomplish. This micro -switch idea 
could be used just as easily with any 
small, straight-line mixer, such as a 

Sony MX -12, Telefunken, etc. 
By adding a switch to the pots on 

mixers equipped with rotary pots 
(Shure, etc.); these mixers can be 
used for cueing. In other words, when 
any pot is turned off, it is placed auto- 
matically into cue! Works well, too! 
-Stephen H. Lampen, San Francisco, 
CA. 

Note. I hope that you find this sort 
of material interesting and helpful. 
Those readers who are kind enough 
to take the time to write up this sort of 
information are specialists in their 
fields, and, as such, are privy to 
knowledge not normally available to 
most of us. 

So for myself and the rest of my 
readers, thanks to all of those who 
have written, and to those who will do 
so in the future. 

I will be especially glad to hear 
from any one out there who has had 
success dealing with line transients. I 

refer to those instances where a re- 
frigerator, fish tank, oil burner, etc., 
puts a pulse on the power line, which, 
in turn, finds its way into a music sys- 
tem and produces audible pops or 
other noise from the loudspeakers. 
Some equipment is more sensitive to 
this than others. While this sort of in- 
terference can often be eliminated by 
placing a constant voltage trans- 
former between the power line and 
the music system, this is an expensive 
cure. 
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Imagine a stereo FM tuner that performs as 

cleanly and vividly as your favorite records. That 
has distortion so low it defies laboratory 
measurement. That automatically rejects all 

unwanted noise and interference. 
You're looking at it. The YAMAHA CT -7000... 

the new state of the art tuner. Its cost? $1,200. 
So listen at your own risk, because you may 
never be satisfied with any other tuner again. 
It's the first tuner with Negative Feedback. 
Long used in amplifiers to lower distortion, the 
application of Negative Feedback to the CT -7000 
has all but eliminated MPX distortion. (At 400 Hz, 

for example, it's an unheard of 0.02%-and that 
includes distortion caused by the measuring 
instrument itself.) Also, Negative Feedback 
eliminates the need for distortion -causing Side 

Carrier Filters. 
For superior separation of the left and right 

channels, Yamaha designed a unique Phase Lock 
Loop MPX Decoder Instead of being a single IC 

chip as in other tuners, our Phase Lock Loop 
consists of discrete components mounted on 

their own circuit board, thus allowing precise 
control in production and hand -tuning adjustment 
to meet exact specifications. 
A 7 -Gang Tuning Capacitor? Most tuners get 
by with 4 or 5 stages. We refused to. By 

designing the Front End with our unique 7 -Gang 

Tuning Capacitor and utilizing Dual Gate MOS 

FETs, the CT -7000 can receive the weakest 
stations and, at the same time, accept an 

extremely high input (up to 1 volt input signal) 
without overloading. 
Advanced IF Amp Stages. Inside the IF amp 

stage is the world's finest combination of ceramic 
and L/C filters. This has resulted in an advanced 
degree of selectivity (the ability to pick out a 

desired signal while rejecting neighboring 
frequencies). And maintains proper phase 
linearity and minimum distortion (less than 
0.08%). 

A selectable IF Mode lets you choose the 
width of the tuner's selectivity...narrow setting 
for crowded band areas; wide setting for 
uncrowded areas. The tuner's reception can be 

optimized for virtually every listening situation. 
Some other important differences. An Auto 
B/end Logic Circuit automatically operates in 

three stages to blend high and middle -high 
frequencies for maximum stereo separation with 
minimum noise and distortion on even the 

weakest stations. And you don't need to get up 

and switch in the MPX filter when a station turns 
noisy. The CT -7000 does it for you-silently, 
automatically. 

There's Auto -Touch Tuning that automatically 
disengages AFC while you tune, for maximum 
station selection. When you release the tuning 
knob, AFC reengages and locks onto the station, 

The tuner that restates 
the state of the art. 

electronically fine-tuning it to the one point of 
maximum stereo separation and minimum 
distortion. 

A unique Variable Muting Control makes it 

possible to receive music where there used to be 

just noise. This control lets you select the muting 
cut-off level to an unbelievably low 10 dB (3 mµ), 

yet it can be adjusted to accommodate stations 
up to 30 dB (30 mµ) in level. 

Variable Output Level permits adjustment of 
the tuner's output to match the other input levels. 
So, when switching from tape, to records, to the 
CT -7000, you don't have to readjust your 
volume control. 
The end of Multipath Distortion. Reflection of 

FM signals off their surroundings causes 
multipath distortion. And that causes muddled, 
distorted sound. Until now, you could rely on 

inaccurate signal strength meters to orient the 
antenna-or you could invest about 800 dollars 
in an external oscilloscope. 

The CT -7000 neatly solved that problem with 
a unique signal minus multipath circuit which 
when activated by the S -M front panel relay, 
allows the signal strength meter to accurately 
display the multipath content of the incoming 
signal. Without guesswork, you now can zero -in 

the antenna incoming signal to reduce to a 

minimum multipath interference and distortion. In 

YAMAHA 

fact, tests show the S -M meter of the CT -7000 to 

be three times more accurate for this purpose 

than an oscilloscope. 
Some things we didn't have to do. We could 

have settled for just having the best performing 
tuner in the world. But we also wanted it to be 

the most reliable and durable. 
That's why all the push buttons are silky - 

smooth, precision reed relays instead of switches. 
Why the flywheel is solid brass. And why, beneath 
the walnut wood case, each circuit board is 

protected by a stainless steel cover to guard 
against stray noises and interference. 
Or as Stereo Review summed it up in its 
January 1975 issue: "Judged by its overall 
measured performance, the Yamaha CT -7000 is 

clearly one of the finest FM Tuners ever made. In 

no respect was it less than superb, and in a few 

areas-notably distortion, image rejection. AM 

rejection, and pilot -carrier suppression-it was 

either far better than anything we had previously 
measured or simply beyond the measurement 
abilities of the best laboratory instruments" 

Your Yamaha Audio Dealer will be pleased to 

demonstrate the incomparable CT -7000. Plus 

other state of the art Yamaha components that 
make up the system-designed to make you 

unhappy with what you're listening to now. 

Because, like life, the best is always yet to come. 

INTERNATIONAL CORPORATION, P.O. BOX 6600. BUENA PARK, CA 90620 
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Tape Guide 

Tape Head Care 
Q. I am writing to you in the hope 

that you will be able to answer ques- 
tions that my dealer can't. I am the 
proud owner of a Revox A-77 deck. 
The manual supplied with the ma- 
chine is very comprehensive, but it 
makes no mention of routine head 
and guide demagnetization. Is such 
maintenance required for the A-77? 
Also, my machine is set up for Scotch 
203 tape. Will the use of a thicker base 
tape (11/2 mil Scotch 202) cause any 
significant increase in head 
wear?-Peter A. Thrift, Bellevue, Ne- 
braska 

A. Manufacturers often re- 
commend that heads and guides be 
demagnetized after about every eight 
hours of use. On the other hand, at 
least one manufacturer recommends 
much less frequent demagnetization. 
If you want to be on the safe side, I 

suggest that you write to Revox. 
I doubt that there will be signific- 

ant difference in head wear accord- 
ing to the thickness of the tape. More 
important is the quality of the tape 
you use. One that is optimally lubri- 
cated and that doesn't shed ex- 
cessively is best. Tape tension and 
pressure exerted by pressure pads (is 
used) also affect in head wear. 

Which Tape Deck to Buy? 
Q. I am trying to decide which tape 

deck to buy. I want no compromises. I 

want it to have 101/z -in. reels, three 
motors, solenoid operation, auto- 
matic stop at predetermined places, 
auto -reverse, smooth handling, 15, 
71/2, and 33/4 ips speeds. I have read 
that the only difference between a 

quarter -track and a half-track re- 
cording is about 3 -dB better signal-to- 
noise ratio. Is this true, and how much 
difference does 3 dB make? 

I have read a lot about the Dolby 
system and wonder if it would pro- 
vide much improvement on a top- 
quality recorder? I am listing the ma - 

Herman Burstein 

chines I am considering. Please tell 
me which are the best, and also what 
tapes are the best.-John Nuss, Old 
Bethpage, N.Y. 

A. I cannot make recommenda- 
tions as to the best machine for your 
needs. As I have stated here pre- 
viously, Audio's policy prevents me 
from doing so. Considering the high 
standards you are setting for yourself 
and the considerable amount of 
money you will be spending, I be- 
lieve you should take the time to get 
out to the audio stores to check with 
your eyes and ears the performance 
of the machines which interest you. 

A 3 dB difference in signal-to-noise 
ratio is significant, but barely so. In 
other words, it would be slightly aud- 
ible. With fine tape machines such 
as those you list I doubt that Dolby 
would make much difference aud- 
ibly, unless you go down to the slow- 
est speeds. Dolby makes the most im- 
provement with machines which have 
poor S/N ratio to begin with. 

Correcting Wandering Tape 
Speed 

Q. When I listen to a tape from my 
mother made in 1964 on a small, 
cheap reel -type "voice letter" 
machine, the speed varies through- 
out the tape, and her voice runs from 
a squeaky high to a low bass. I have 
dozens of tapes kept over the years, 
some with voices that no longer exist, 
and others which can never be 
duplicated. All contain some speed 
variations. Is any equipment available 
that I can use to correct the speed of 
these tapes while 1 make new, even - 
speed copes of them?-J.R. Ken- 
drick, Honolulu, Hawaii 

A. The only solution is to vary the 
frequency of the a.c. power to which 
you connect your tape machine. You 
can build such a power supply from 
construction articles which have ap- 
peared from time to time in electron- 

ics magazines. Or you can use an 
audio oscillator connected to a power 
amplifier and vary the sine wave out- 
put of the power amplifier, using it to 
supply the a.c. power for your play- 
back tape machine. Of course, the 
machine you make the new record- 
ings on will use regular a.c. power. 

Recording Whistle 
Q. For years I have been recording 

off the air with an Eico RP100 record- 
er and a Scott 350B tuner with satis- 
factory results. I recently acquired a 
new tuner, Kenwood KT6000, and 
with the same recorder I now get a 
continuous high frequency whistle 
along with the program material. I am 
told this is due to interaction of the 
bias oscillator of the recorder (50-100 
kHz) with the pilot tone (38 kHz) that 
is part of all stereo broadcast signals. 
How can this be corrected?-Stephen 
Gaydica, Hewlett, N.Y. 

A. The reason you have been given 
is probably correct. The solution is to 
introduce a tunable filter between the 
tuner and the tape recorder. I sug- 
gest that you consult your local audio 
store, a mail order audio house or the 
makers of your equipment. 

Recording Level Problems 
Q. I am recording with a TEAC A- 

15000 tape deck. I set the monitor 
switch to Source and adjust the level 
so that the VU meter reads 0 on the 
loudest passages. When the tape is 
played back, the level is too low (hiss 
is audible), and peak passages re- 
gister only -4 or -5 on the VU meter. I 

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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The exceptional sound quality and high power of 
Dynaco's Stereo 400 places 
it in a class by itself. Now we 
have designed the Dynaco 
Stereo 150, for those who 
want the sonics of the 400 
with more modest power. 
Within its power rating, the diff- 
erence is almost undetectable. 

Like the 400, the Stereo 150 offers a massive 
power supply, full complementary symmetry 
output, and thermal tracking bias to eliminate 
'notch" distortion. Pre -tested audio circuitry 

and wide open layout make it a typically 
easy Dynakit to build. 

Combine it with our new PAT-S-already famous 
for the very finest solid state sound. 

Even on a cost -no -object basis, 
you still may not 

believe your ears. 

PAT -5 Ki+ $199; Assembled $325 
Stereo 150 Kit $225; Assembled $325 
Stereo 400 Kit $499; Assembled $669 

ti 

MINIMUM POWER OUTPUT SPECIFICATIONS 
Maximum total harmonic distortion less than 0.25% from 20 
Hz to 20 kHz into an 8 ohm load, both channels driven, with 
FTC preconditioning: Stereo 400-200 watts per channel 

Stereo 150-75 watts per channel 

IvacOBlackwood, N. J. 08012 
Also available .n Canada from Dynaco of Canada Ltd. 



f yo ore considering 
on investment in sod 
reprodLctio, 

Don't make a move 
until you hear 

the 3 new BOZAKS 
For more than 25 years Bozak has been provid- 
ing discriminating music listeners with loud- 

speakers which have been recognized as rep- 
resenting the highest standards of integrity in 

sound reproduction. 

Now Bozak has applied its same principles of 

design - pushing the limits of the state of 

the art without compromising the laws of 

science - to two new electronic products and 
a new monitor type speaker for the home 

music systems of those who recognize and 
demand "the very best in music." 

Model 919 Audio Signal Processing Center 
This mixer -preamplifier gives much of the flexibility 
found in commercial sound studios. With it you can 

mix and blend stereo sounds from records, tapes, 

tuners and microphones with differing input levels 

into a two -channel composite for recording or for 
listening. 

Model 929Audio Power Amplifier 
The ultimate in an amplifier for the home music 

system, the Model 929 has nearly identical circuitry 
to Bozak's commercial Model CMA-2-150 which has 

been selected for the most demanding applications 
in concert halls, theaters and auditoriums. Each of 

its two channels delivers 150 watts continuous 
minimum sine wave power into 8 ohms from 20 to 

20,000 Hz at less than 0.2% total harmonic distor- 
tion. That is enough power for even the most impor- 
tant home music systems - those employing 
Bozak's Concert Grand speakers. 

Monitor C 
Loudspeaker System 
Monitor C has been specifically designed to repro- 

duce modern music, with its heavy emphasis on 

bass, with the greatest realism possible. You truly 
hear each note as it was played; Monitor C spells an 

end to "thump -thump" bass. Discotheques, as well 

as homes, are taking it to their hearts. 

You can hear these magnificent audio system com- 

ponents at selected Bozak dealers. We'll gladly send 

you the name of one in your area. 

egeg 
Bozak, Inc. 
Box 1166, Darien, Connecticut 06820 

have played my tapes on another 
deck (Sony 255) and get the same low 
playback level. But a tape recorded on 
the Sony plays back properly on the 
TEAC. I am using Scotch 290 (1/2 mil) 
tape.-John L. Bagwell, Lanham, 
Maryland. 

A. It appears that your problem is 

miscalibration of the VU meter. Whe- 
ther this is true for tape in general, or 
only when you use 1/2 mil tape, can 
easily be checked by investing in a 

small reel of 11/2 or 1 mil tape and 
noting whether you still get underre- 
cording. It is also possible that your 
machine is underbiased. Up to a point 
more bias current increases the 
amount of signal that gets recorded 
on the tape. If treble response is 
exaggerated, which can happen when 
there is too little bias, then under - 
biasing is indicated. Have an 
authorized technician check the bias 
and record/play response. 

Concert Hall Recording 
Q. 1 have the fantastic opportunity 

of recording live in the Teatro Colon, 
in Buenos Aires, one of the best con- 
cert halls in the world. The Teatro 
Colon, however, does not encourage 
recording engineers, and its equip- 
ment is painfully obsolete. I must get 
acquainted with modern equipment 
and techniques for recording live, but 
none of the magazines to which l am a 

regular subscriber offers much infor- 
mation on recording techniques and 
equipment. Would you know of any 
publication (books, manuals, maga- 
zines, catalogues, anything!) that 
could give me not -too -technical 
reports on available recording equip- 
ment and general information about 
recording techniques?-Oscar J. 
Romero, Buenos Aires, Argentina 

A. You might write directly to 
manufacturers of recording equip- 
ment. You can get their names and 
addresses from Audio and other 
periodicals in which they advertise. 
Audio published a series of three 
articles by David Josephson on Micro- 
phones in December, 1973, July 
and Aug. 1974. You will find a chapter 
on microphones in Hi-Fi Made Easy 
by Norman Crowhurst (Gernsback Li- 
brary, 154 W. 14th St., New York, 
N.Y.). A chapter on microphones is in 
my book, Getting the Most Out Of 
Your Tape Recorder (John F. Rider, 
Inc., 114 W. 14th St., New York, N.Y.)A 
chapter on using a tape recorder and 
microphones ("Increase Your Enjoy- 
ment of Music") is in How To Select 
and Use Your Tape Recorder by David 
Mark (Rider). And a chapter on stereo 
microphone technique is in my book 
Stereo, How It Works (Gernsback). 
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The Final buc oF 
cxcellencJc to o 

ouoonb oonb oot...,lnc oyo t.C!rY1 

KENWOCD introduces with pride the incomparable 
Model 7 and the new LS -Series Speaker Systems. 

Not since the invention of the loudspeaker itself 
has there beef such an exciting breakthrough 

in high-fidelity sound reorodact>on! 

LS -40F 

The LS -Series .. three e<cepticgh- 
Model 7 ef'iciency speE ker syst-aens that aut advance J 

sneaker design and pe fxmanc a wit in rance 
of a moderate budget. 

The Model 7... uncompromising performance 
that rec-eates an exact replica of original sound. 
Uniquely fabricated diaphragms Powerful new 
magnetic assemblies Special lu aber -core 
baffle board 4 -way system with ^_nique 
d.viding network. 

For complete information, write ... 

KENWOOD 
15'77 S. Broadway. Gardena, Ca 90248 

72 02 Fiftyfrst A e., Woodside N.Y. 11277 

n Canada: Magnas+)nic Canada, Ltd. 
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Audio ETC 
Edward Tatnall Canby 

0 N THE THEORY that one diagram is worth a col- 
umn of words, I spent a lot of time recently on my 
hands and knees in my New York apartment, taking 

measurements-see diagram. There you will find my own 
solution to a major problem these days, how to cram four 
channels of sound into a crowded, ill -shaped urban apart- 
ment. Most people still think it is impracticable. 

Far from it. In fact, it took me less time to find the right 
place for four small speakers in my zany and unsymmetrical 
apartment than it did to make the diagram, unaccustomed 
as I am to public drawing. It is a sure thing, I say, that if we 
don't get four channels into thousands of urban apartments 
like this, we might as well give up, because urban America is 

America, at least indoors. 
For a long time, I've had a hunch that this problem wasn't 

as bad as most people think. When Electro -Voice recently 
turned up with a new small -space, big -bass speaker de- 
signed expressly for this type of situation, I acted fast. I bor- 
rowed four of the Interface: A units, which come in pairs, 
and hauled a quadraphonic receiver down from the country 
to plug them into. My four-way solution, as per picture, 
came after a series of trials in various temporary posi- 
tions-and I hasten to add that you must do this first, before 
you get into arguments about furniture and decor. Nine 
times out of ten, there will be no need to do heavyweight 
moving. Rather, it's likely to be a change of tables, pictures, 
lamps, and chairs, no more. But the right place, you must 
understand, is going to be vastly better than the wrong and 
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thus worth the effort. 
I put the front speakers where, years ago, I had found the 

only workable location for stereo in that same addle -shaped 
room. I tried them all. You will note that the back speakers, 
like the front, occupy positions of approximate room sym- 
metry, in a highly lopsided area. It is a first principle that one 
never places pairs of speakers in grossly unsymmetrical loca- 
tions-say, one with a wall or corner behind it and the other 
with a big space behind. It will not work. Don't even try. On 
the other hand, even a barely approximate symmetry, as be- 
tween that small corner niche, where my right back speaker 
is (former telephone table location!), and the corner next to 
the kitchen, opposite, where the left speaker is, can work 
out astonishingly well. The little niche made all the differ- 
ence, as I specifically found out. 

For three positions, as marked, I achieved a spacious and 
listenable quadraphonic sound, though you might not be- 

lieve it. From the recessed couch (1), actually a bit behind 
the back speakers, the effect is splendid though the left 
channel is partially in acoustic shadow and the right is rather 
close. Fortunately, the Interface: A speakers have excellent 
sound dispersion, so that you must walk right up to one of 
them before the sound is heard separately. Mark of a good 
quadraphonic reproducer. From the center of the space (2), 
I can do my favorite walk -about listening, on foot. There's 
just room to move in time to the music without bumping 
into a channel. As for the day bed, it is sonically out of 
bounds. I don't listen in bed. 

From my work desk in the semi -alcove near the entrance 
door, I hear a reversed image via reflection. By no stretch 
could this be called discrete quadraphonic-but I find it 
pleasant even so, and better than it ever was in stereo from 
the same place. More info, even if scrambled. 

I had long previously found that the placement of the 
front (stereo) speakers at the edges of the flat overhead 
arch, with space behind them, greatly enhanced the forward 
sense of distance and fullness of sound as one listens from 
the main part of the room. Now, that big space is drawn in 
and around the back speakers to include the whole listening 
area. I could ask for no more. 

As for the E -V Interface: A speakers, they did indeed fit 
right into this arrangement. They are of a new, little shape, 
only 14 by 22 inches and so shallow, only eight inches deep, 
that you can back them inconspicuously near a wall at the 
back of a table or other support where, with their neat black 
grille covers, they blend right into th background, out of the 
way. No need to make separate furniture lumps out of them. 
The units were designed as an updated, computer -calcu- 
lated, optimum juggling of a number of ingeniously com- 
bined principles for maximum bass in minimum space-an 
honorable and ancient idea. Inside there is a tuned system 
for efficiency (I noticed this immediately) and a passive - 
front radiator which, in effect, replaces a body of air larger 
than the box could hold, for correspondingly -increased bass 
range. Also, there is an equalizer unit, one (stereo) for each 
pair of speakers. It adds 3 dB of bass boost, with a bottom 
cut-off to avoid rumble and shake. 

Now, I, along with plenty of other hi-fi people, have al- 
ways distrusted electronic boosting of this sort. It is not the 
ideal way to get bass, which might be said to be the Klips- 
chorn way, for one. But corner Klipschorns do not into an 
apartment fit, especially one with 10 mini -corners like mine. 
I found that E -V's very modest 3 dB boost was gentle in ac- 
tion and introduced no audible musical problems for my 
ears. Moderation is a good principle. 

One problem, though not E -V's fault. The equalizer units, 
two for quadraphonic, must be inserted before the main 
amps and thus use the familiar record -out and monitor -in 
system, through pairs of connecting cables. (There are extra 
ins and outs to take your other equipment.) So for just plain 
phono, I hooked in 10 signal cables and four power cords in 
an unsightly mess of wire dangling oehind my equipment 
table. Suppose I were to add tape, plus Dolby, Burwen or 
dbx, plus an outboard demod or decode unit? All use in/out 
monitor jacks, and the wire tangle would be monstrous, 
even dangerous. Aaargh!!! ,o+ 
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Bett. best. best buys. 

Fact: the lowest cost way to improve your whole high fidelity system is 
simply to upgrade the source op i` sound-the cartridge! If you're on a tem- 
porary austerity program, the Shure M44E can make a significant difference 
in sound over the cartridges supplied with mane budget component systems. 
If your budget is a trifle more flexible, an M91 ED can bring you into the area 
of high trackability (with performance second only to the V-15 Type Ill). And 
for those who can be satisfied with nothing less than state-of-the-art play- 
back perfection, Shure offers the widely acclaimed V-15 Type Ill, the recog- 
nized number one cartridge in the industry, which, in '¢ruth, costs less than 
a single middle-of-the-road loudspeaker. To lead about what a Shure car- 
tridge could do for your system, write: 

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

or« SHIRE 
Manufacturers of high fidelity components, microphones, sound systems and related circuitry. 
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Behind The Scenes 

EVEN AS THE SWALLOWS 
come back to Capistrano each 
year, a bit further South in 

California, the audio fraternity flocks 
to the annual Los Angeles convention 
of the Audio Engineering Society. This 
51st convention of the AES was held 
May 13th through 16th in its usual 
place at the Los Angeles Hilton. 

While the country in general and 
certain sectors of the hi-fi industry are 
still in the thrall of the recession, this 
seems not to be the case with the 
world of professional audio. The 51st 
convention was decidedly upbeat, 
with first day attendance breaking all 
previous AES records, overall atten- 
dance setting a new record, and the 
greatest number of manufacturers ex- 
hibiting products to date. While there 
was some cautionary hedging about 
business conditions from a few 
people, in general, the atmosphere 
was buoyant, confident, and optimis- 
tic. 

However, it must be noted that 
while there was plenty of new equip- 
ment on display, there was nothing 
particularly outstanding or revolu- 
tionary. A good number of things 
could be classified as evolutionary up- 
dates. In other words, this convention 
gave us nothing on the order of the 
BASF Unisette, or high polymer 
piezoelectric films that were the high- 
lights of recent conventions. Speaking 
of the Unisette, it appears that its pro- 
duction timetable has gone awry once 
again. The anticipated playback deck 
from Studer has yet to be seen, and 
similar decks from purportedly inter- 
ested Japanese manufacturers have 
not appeared either. Insiders say cost 
is the problem, and with the inflation - 
bloated prices of parts and supplies, 
this is easy to understand. I hope this 
can be overcome, and soon, for in this 
reporter's opinion, the Unisette has 
great potential and a definite place in 
the world of audio. 

At this convention, as usual, when 
one walks into the main exhibit area, 
the eyes are assaulted by a vast pan- 
oply of professional products (how's 

Bert Whyte 

that for alliteration!). Considering that 
there are 15 other rooms or areas, plus 
demo rooms on another floor, all 
stuffed with audio equipment, one 
hardly knows where to begin. It is im- 
practical to cover everything...for 
one thing you're constantly bumping 
into people you know, and in no time 
at all, five or six people are holding a 

mini -seminar on some aspect of au- 
dio, meanwhile doing a damn good 
job of blocking the aisles. Then you 
meet those who suggest a brief hiatus 
from the show to partake of a refresh- 
ment. Lastly, it must be admitted that I 

bypass some products which are of 
little interest in my audio milieu. Thus, 
with apologies to those who may feel 
slighted, some random observations 
on audio products that caught my eye 
in my ramblings through the exhibit 
halls. 

You can always count on Steve 
Temmer, of Gotham Audio, to come 
up with an exotic product. This time it 
was the Europa Film high-speed elec- 
troplating system for producing 
record mothers and stampers. The 
master lacquers are plated in two 
kettle -shaped containers, and people 
were kidding Steve that he had a fast 
food franchise for "broasted" chick- 
en! With racks of ancillary equipment 
and interconnecting fancy plumbing, 
the system fairly reeks of precision 
and high technology. The unit uses 40 
volt/400 ampere rectifiers (with a fuse 
nearly as thick as my wrist!), and de- 
posit time for a 10 -mil plating thick- 
ness is less than 30 minutes. 

There is always a bewildering profu- 
sion of mixing consoles at any AES 
convention, and each year they grow 
more elaborate. There seems to be a 

growing trend towards automatic pro- 
grammed mixdown, wherein once 
set, a particular mixdown can be re- 
peated whenever desired. Consoles 
from Automated Processes and Quad 
Eight featured such facilities. As for 
so-called portable mixers (transpor- 
table would probably be more ac- 
curate), there were legions of them, in 
all sorts of configurations. The baby 

Neve unit, called Kelso, is particularly 
attractive and uses those super 
smooth conductive -plastic faders. 

The Dolby stand featured the new 
CP100 Cinema Processor for the pro- 
duction of Dolby -encoded magnetic 
and optical sound tracks and-the 
new sensation-stereo optical tracks. 
Dolby was hosting a demonstration 
film, incorporating encoded -stereo 
optical tracks, at the Doheny Plaza 
Theater, but unfortunately the theater 
was located in Beverly Hills, quite a 

haul from the Hilton in downtown 
L.A., so I did not get to the demo. Dol- 
by has also gone into the noise pro- 
duction business, and Ray and Dag- 
mar Dolby were proudly showing 
their first model, five -month -old Mas- 
ter Thomas Dolby. 

Attracted by a blinding light at one 
booth, I found it was Crown Interna- 
tional lighting up 600 -watt bulbs with 
their M600, a mono power amplifier. 
If you have a speaker with a 4 -ohm 
impedance, connect it to this unit 
which will pump out a mere kilowatt! 
Amplifiers were much in evidence at 
the convention as witness a new 400- 
watt/channel unit from Altec, and 
300-watt/channel units from JBL and 
SAE. BGW was on hand with its "Sen- 
ssurround" Earthquake amplifier, as 
well as lesser power units. Up on the 
fourth floor, Yamaha was getting 
plenty of attention demonstrating its 
new $1600 vertical FET amplifier, the 
B-1. Its companion accessory module, 
for comparing up to five pairs of 
speakers, should find favor with the 
high -end hi-fi shops. 

At the Philips' booth and on demo 
on the fourth floor, the new AKG 
BX10 reverb unit was creating quite a 
stir. About one quarter the size of the 
BX20 unit I am currently using, it fea- 
tures the same b000iinggg-free re - 
verb of the big unit and at less than 
half the price (approx. $1300.00). 

Magnificent professional tape ma- 
chines were being displayed by such 
as Ampex, Scully, 3M, MCI, and Stu- 
der, in various formats up to 24 chan- 
nels on 2 -inch tape. There were no 
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All cartridges are not 
created equal. Here's proof. 

44.. Tracking ability at low and middle 
frequencies was exceptional ...the high 
level required half the tracking force 
of most other cartridges...One of the 
best 2 -channel stereo cartridges and 
better than most CD -4 types. 945 

Our new Super XLM MK II ($125.) is the finest 
cartridge available . It was engineered 
solely for the true audiophile and the 
serious music listener who own the very 
finest components. 

It embodies principles found in no other 
cartridges, as evidenced by our U.S. Patent. 
It features a unique "induced magnet" 
whereby the magnet is fixed and the 
magnetism is induced into a tiny hollow 
soft -iron collar. This collar in turn moves 
between the pole pieces thereby allowing 
for a major reduction in the mass of the 
moving system. This LOW MASS permits the 
Shibata type stylus to trace the most 
intricate modulations of stereo and CD -4 
record grooves with a feather -light tracking 
force-as low as 3/4 of a gram. 

This results in super -linear pick up especially 
at the higher frequencies of the audible 
spectrum, which other cartridges either 
distort or fail to pick up at all.This low 
tracking force also assures minimal erosion 
and a longer playing life for the records. 

This family of LOW MASS Cartridges is also 
offered with elliptical diamond stylus for 
stereo play exclusively-the XLM MK II ($100) 
and VLM MK II ($75). 
For detailed specifications, write ADC. 

T 
AUDIO 
DYNAMICS 
CORPORATION 

HI-FI NEWS AND RECORD REVIEW 

U.S. PAT. NO. 3294405 

ADC SuperXLMMKi. 

A BSR Company New Milford, Conn 06776 



The 
CROWN 
VFX-2 
electronic crossover 

Commercial sound contractors 
across America have been asking 
for an electronic crossover for use 
on sophisticated' sound installa- 
tions. There's no more waiting. And 
the Crown VFX-2 embodies all you 
expect in high quality and perform- 
ance capabilities from the people at 
Crown. 

Only the Crown VFX-2 electronic 
crossover will give every installa- 
tion maximum versatility. Such 
flexibility for so little cost. And 
never before has an electronic 
crossover been offered that can be 
easily and readily adjusted with 
front panel controls. 

Tunable from 20- to 20,000 Hz, 
this solid state component is com- 
patible with 600 ohms loads and up, 
and features both balanced and un- 
balanced inputs and outputs. 

Overall noise and distortion are 
extremely low. IM distortion is less 
than 0.0190 at rated output, and 
noise is more than 97dB below 
rated output with open inputs. 

Providing either crossover or 
bandpass functions, the VFX-2 uti- 
lizes two continuously variable fil- 
ters per channel, and filter roll -off 
is at a fixed 18 dB/octave. 

Applications include stereo bi- 
amping, mono tri-amping, and com- 
bining the bandpass filter with the 
normal two-way crossover on a 
mono signal. And all connections 
are quarter -inch phone jacks for 
positive electrical contact. 

The VFX-2 is designed for stand- 
ard 19" rack mounting and meas- 
ures in at 31/2" high by 53/4" deep 
and includes a clear plastic cover 
for protecting control settings. 

Write for complete 
specifications. 

crown 
BOX 1000 ELKHART, IN. 46514. 219 294-5571 

new models as far as I could see, but 
there were updatings and some new 
accessories. At Ampex, they were 
showing a new model of Frank Rush, 
the dean of field reps. Devoid of some 
20 odd pounds and shorn of his Con- 
federate cavalry officer's moustache, 
hardly recognized the man. Frank 
showed me what is called a "Search to 
Cue" device for the Ampex MM -1100. 
For use as an aid in mixdown and 
overdubbing, the unit can place a 

zero reset or cue point anywhere on a 

tape, in either the Stop, Fast Forward, 
or Rewind position. An hours, min- 
utes, and seconds counter with an 
LED digital readout gives the position 
of the tape. Punch in the Cue button 
and the machine will search forward 
or backward until it reaches the preset 
cue position. Press the Play button si- 
multaneously with the Cue button 
and it will find the cue spot, stop the 
transport, and go immediately into 
Play mode. The system is accurate to 
within plus or minus one half second. 
I wish they would make such a gizmo 
for the Ampex 440, if only for the su- 
per -accurate counter function. Ah, 
well! 

Eventide Clock Works and Lexicon 
were showing the latest models of 
their digital delay systems. There have 
been various updates, not the least of 
which is an expansion of dynamic 
range beyond 90 dB. Cost has come 
down, but there is a way to go before 
these units are affordable for far-out 
experimenters in quadraphonic syn- 
thesis. 

In the dbx room, they were demon- 
strating the latest direct -to -disc 
Sheffield record, #4, which had been 
encoded with the dbx system. With 
the master lacquer having a S/N ratio 
of over 80 dB, this might seem like 
overkill, but you'll have to judge for 
yourself. All I can say is that the record 
was totally noiseless and sounded sen- 
sational. 

Now to the business of quad- 
raphonic sound. Columbia was on 
hand in the Patio Room with the most 
advanced of their SQ decoders. They 
had gone to the trouble of bringing in 
sound -absorbing panels from a stu- 
dio, and with the room acoustics fairly 
well tamed through this expedient, 
the sound of the Ben Bauer -designed 
Leslie DVX speakers was excellent. In 
a variety of pop and classical items, we 
heard fine quadraphonic imaging and 
sound localization, and this was un- 
questionably the best SQ demonstra- 
tion heard at any of the hi-fi shows. 
Sansui held sway on the fourth floor 
and, with four JBL monitor speakers, 
gave a good representation of the ca- 

pabilities of QS. Most impressive was 
the performance of their latest quad- 
raphonic synthesizer, which can do 
wondrous things with stereo records. 
Nippon Columbia was demonstrating 
their latest UD4 hardware with a vari- 
ety of recordings using this system. 
The sound was clean and firmly local- 
ized and received some quite favor- 
able comments. 

Now to CD -4. JVC was showing 
their new Mark Three CD -4 system 
built around a phase -locked -loop 
modulator, which is said to give sig- 
nificant improvements in sum and dif- 
ference frequency response, S/N ra- 
tio, dynamic range, and distortion. In 
a joint effort between JVC and RCA, a 

similar type of PLL CD -4 modulation 
system was introduced by RCA which 
they call the "Quadulator." John 
Eargle, President of the AES, present- 
ed a paper on the new JVC system, in 
their behalf, as did Greg Bogantz of 
RCA for their new Quadulator. There 
is no doubt that these new systems for 
CD -4 have made an audibly superior 
product. I have several experimental 
discs at home, and there is no ques- 
tion of the increase in quality over the 
same recordings made with previous 
systems. There is a great deal more to 
this development. I had the privilege 
of visiting the JVC Cutting Center in 
Los Angeles as the guest of John 
Eargle and will be giving you full de- 
tails of my visit and what I learned 
about the new modulation system in 
an upcoming issue. 

Finally, before 1 leave the subject of 
the 51st AES convention, I would be 
most remiss if I did not mention the 
absolutely sensational entertainment 
presented to us at the conclusion of 
the awards banquet. Two virtuoso 
performers on the ARP electronic 
music synthesizers, Tom Piggott and 
Mike Brigida, along with a very ac- 
complished rock drummer, gave us a 

quad concert which was stunning. 
The sound system was a giant Altec 
theater system in each corner driven 
by their new 400 -watt amplifiers, aug- 
mented by no less than Gene Czer- 
winski's Cerwin Vega corner plugs as 

used in the movie Earthquake, driven 
by a mere 6000 watts. Crossover was at 
30 Hertz through the new Crown VFX 
crossovers! The boys gave us a num- 
ber of great tunes but the absolute 
end was MacArthur Park, which was 
the most sonically dynamic and ex- 
citing sound I have ever heard...at 
least as a sheer sound experience. The 
sight of the AES engineers and their 
wives roaring their approval and 
stomping and whistling for encores 
was something I won't soon forget. 
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Twelve brand new pages. Forty- 
seven JBL components-dividing 
networks, lenses, horns, 
transducers, everything. 

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

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

authorized JBL Loudspeaker 
Components Dealer. 

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

Fill out this coupon and send it 
along to JBL, the people who 
wrote the book on sound. 

Check No. 19 on Reader Service Card 

UBL 

3249 Casitas Avenue 
Los Angeles 90039 
Gentlemen: 

I can't beat the price. Send 
me the book. 

Name 

Address 
City State Zip 

James B. Lansing Sound, Inc. 
High fidelity loudspeakers 

from $99 to $3210. 
A. 



Dear Editor: 
Transient IM 
Dear Editor: 

Thank you for publishing the Leach 
article on "Transient IM Distortion in 
Power Amplifiers" (Audio, Feb., 1975). 
This is the type of analysis that is very 
much needed in the design of audio 
equipment, to take it out of the "arts 
and crafts" category and give it a firm 
scientific basis. 

From 1948 until about 1968 (when I 

bought my first transistor emplifier, a 

Dynaco Stereo 120), my standard of 
comparison was a vacuum tube ampli- 
fier that I designed and built and 
wrote up for Audio (Engineering) in 
1948. All stages were push-pull. The 
output, from a pair of Wetern Electric 
300 -Bs, was 30 watts, at about 2% IM 
distortion, and the power curve was 
within 1 dB from 20 Hz to 22 kHz. 
There was no feedback of any kind. 
My friends used to bring in other 
amplifiers for A -B tests, especially 
some of the early transistor jobs, and 
this old 300-B amplifier always won 
without any argument, until about 
1968. 

The best praise I have for Leach's 
article is to say that I wish I had written 
it! 

Curtiss R. Schafer 
Sandy Hook, Ct. 

More on TIM 
Dear Sir: 

In his otherwise excellent article on 
transient IM distortion (TIM) in the 
February Audio, Prof. Leach states 
that operational amplifiers like the 
741 are prone to TIM because of their 
low 2 to 5 Hertz open loop band- 
width. In audio design, as in servo and 
other control systems, the term 
"open -loop" gain means gain around 
the entire forward and feedback 
paths. But in op amp terminology, 
"open -loop" response means the re- 
sponse of the device without external 
feedback. The compensation con- 
trolling the bandwidth is usually lead 
type, rather than lag which (as he 
notes) reduces TIM instead of increas- 
ing it. 

The slew rate of the 741 is about 0.5 

volt per microsecond-roughly 5000 
times faster than it would be if lag 

compensation were used. This fast 
slew rate insures that any "holes" re- 
sulting from transients will be so brief 
as to be inaudible. I have critically 

compared 741s with high grade tube 
circuits and could hear no difference 
(closed -loop gain was limited to 20 dB 
max.). There may be ways of using op 
amps that could lead to problems, but 
local feedback around each op amp 
will prevent this. 

Donald E. Phillips 
Cedar Rapids, Iowa 

The Author Replies 
The 741 op amp is internally lag 

compensated by a 30 pF capacitor. 
This is necessary to prevent oscillation 
when external feedback is added. 
Normally, when the op amp is used 
with external negative feedback, the 
bandwidth of the closed -loop ampli- 
fier is reduced by placing a capacitor 
in parallel with the feedback resistor 
from the output terminal to the in- 
verting input terminal. This capacitor 
increases the feedback at higher fre- 
quencies, thus reducing the band- 
width of the closed -loop amplifier. If 

the feedback loop is broken, the ca- 
pacitor has in effect increased the 
bandwidth around the complete for- 
ward and feedback paths, and this is, 

technically, lead compensation. How- 
ever, in the case of the 741, lead com- 
pensation in the feedback loop is not 
necessary for stability since the op 
amp is already internally lag com- 
pensated for this purpose. 

Although lead compensation in the 
feedback loop of an op amp will re- 
duce its tendency to produce TIM 
when used as a voltage amplifier on its 

own, we must examine what would 
occur when this op amp is included in 
the forward path of a power amplifier 
with negative feedback of its own. 
Since the bandwidth of the op amp 
has been reduced by "local" lead 
compensation in its feedback loop, 
the open -loop bandwidth of the pow- 
er amplifier as a whole has been re- 
duced. This can lead to TIM in other 
stages of the amplifier, although this 
depends heavily on the particular de- 
sign. 

Nearly all state-of-the-art power 
amplifiers today employ an op amp 
input stage, whether discrete com- 
ponents or an IC. I prefer the discrete 
designs until some IC maker markets a 

unit in which the amplifier designer 
can adjust the internal frequency 

compensation (these exist, but are not 
in production), and more importantly, 
the local negative feedback in each 
internal stage. This way the op amp 
will be capable of being tailored to 
meet the specific objectives of the 
amplifier designer. Otherwise, I think 
most IC op amps are better suited for 
d.c. and low -frequency instrumenta- 
tion amplifiers. However, some of the 
IC amplifiers designed for r.f. appli- 
cations may be ideally suited for audio 
purposes. I have not investigated this 
in any detail. 

Whether IC op amps are suited for 
mixer and low-level applications 
where they will not be inside the 
feedback loop of another amplifier is 

something I have not investigated. I 

would refer those interested in this 
application to Hoge, W.J.J., "Tubes 
Versus Transistors: A Further Com- 
ment," J.A.E.S., June 1974, p. 338. Mr. 
Hoge gives the results of an actual lis- 
tening test performed on commer- 
cially available mixer amplifiers. His 
conclusion was that mixer amplifiers 
which have open -loop bandwidths 
smaller than the audible frequency 
spectrum sound inferior. 

In my article on TIM, I concentrated 
on describing its worse possible man- 
ifestation in power amplifiers. There 
are more subtle effects which I did 
not describe relating to how the THD 
of an amplifier varies with frequency 
at a constant power level. If the ampli- 
fier's THD increases rapidly with in- 
creasing frequency, a subtle form of 
TIM can be triggered by wideband 
audio signals with excessive high fre- 
quency levels, even though the input 
stages do not clip. I believe this form 
of TIM is the one most likely to be 
produced by a commercially available 
amplifier. 

W. Marshall Leach 
School of Elec. Eng. 

Geo. Ins. of Tech. 

FTC Violators 
Dear Sir: 

Although the FTC has passed the 
"honest power in advertising" rule, it 
has had no effect whatever in our 
area. Ads still flood the newspapers 
here claiming 200 -watts for 8 -track 
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You never had it 
good. 

(Akai's new GXC-39D stereo cassette deck.) 

You may be asking yourself 
how we could possibly 

know what you've ever had 
-and how good it was. 

Well, we couldn't. Except 
when it comes to Akai's 
new GXC-39D. 

Then we say - with what it has and for what it costs - you never had it so good. 

This cassette deck is so good you can push a button at a certain spot in the tape and 
it'll remember. And go back to it anytime you want. 

Flick on the Dolby* switch and it'll filter out any bad sounds going to your speakers. 

Flick another switch and it's set for low noise tape. 
Push another button and it'll pause in the middle of a recording. Push it again and 

it'll start again, smoothly. 
Just turn on the GXC-39D and your tape 

and crystal heads. We developed them. 
Lights pop on to remind you the tape 

is running. 
More lights pop on if the recording level 

is too high. 
It has direct function controls so you 

can go from play to forward to rewind and 
back to play - non-stop. 

And it comes in Akai's professionally 
styled brushed aluminum finish. 

The Akai GXC 39D stereo cassette deck. 
We never had it so good, either. 

Akai America Ltd., 2139 E. Del Amo Blvd . Compton. Calif. 90220 
"Trademark of Dolby Laboratories. Inc 

will be running across Akai's own glass 

If you're going to get big, you gotta be good. 
We're good. 



THE 

SOUND VAULT 

Every UD cassette gives you 
stainless steel guidepins to keep your 

recordings secure. 
Tough steel pins form part of the 

internal security system inside every UD 

cassette. 
They make sure your UD tape 

runs smooth and winds even. (Ordinary 
cassettes have plastic posts that can 

wear out and cause wow and flutter.) 
These steel pins are another reason 

your Ultra Dynamic cassette captures 
the very best sounds (both high and low) 
your equipment can produce. 

Use Maxell Ultra Dynamic cassettes 
and you'll always play it safe. 

Maxell Corporation of America, 
Moonachie, New Jersey 07074. Also avail- 
able in Canada. maxell. 

For professional recordings 
at home. 

tape players. I phoned several of these 
advertisers and none of them was 
aware of the rule; most of them re- 
fused to believe me. And one man 
said, "Even if there is such a ruling, 
they'll never bother with us-we're 
too small." 

I'm sure this problem exists all over 
the country in smaller cities. To what 
department of the FTC should one 
send clippings of offending ads, along 
with a letter asking the FTC to inform 
the violators that they are wrong? 

Bruce Cullom 
Sound Town, Inc. 

Texarkana, Tx. 

The rule most certainly applies to 8 - 
track players as well as receivers and 
amplifiers. Inquiries about the rule 
should be sent to: 

Carthon E: Aldhizer 
Div. of Special Statutes 
Federal Trade Commission 
Washington, D.C. 20580 
Tel: (202) 963-7124 
In addition, the EIA has published a 

batch of data on the ruling, and 
should be glad to send materials to 
stores in your area. Address Jack Way - 
man, Electronic Industries Assn., 2001 
Eye St. N. W., Washington, D. C. 20006. 
Telephone (202) 296-5550. 

Electo -O -Phonie Enthusiast 
Dear Sir: 

Since I am an owner of the Elekt-O- 
Phonie FU -100's immediate pre- 
decessor, the F/Mc2, I read Professor 
Lirpa's review in Audio (April, page 
54) with great interest. Almost before I 

finished reading I ran to the nearest 
Five and Ten Cent store where I 

bought an FU -100 for my car. It works 
fine on 12 volts d.c. My only problem 
came when I fitted the Klipschorns (I 
refuse to listen to any other speakers) 
into my Volkswagen. It was worth the 
trouble, though. Can you imagine my 
satisfaction as I cruise down the Bos- 
ton Post Road on my way to work 
every morning at 140 mph, listening to 
all eight channels simultaneously? 

Alan M. August 
N. Providence, RA. 

Dear Sir: 
My hat is off to Professor I. Lirpa for 

his enlightening equipment profile of 
the Elekt-O-Phonie Model FU -100 
Octaphonic Receiver. One question 
plagues me about this obviously 
sophisticated piece of gear. What 
does the "FU" stand for? Frequencies 
Unthinkable, maybe? 

Jack Stevens 
WXCL Radio 

Peoria, Ill. 
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THE PERFECT PRE -AMP 

PHASE LINEAR SAE CROWN DYNACO AUDIO RESEARCH CITATION 
ESS MARANTZ SONY KENWOOD BOSE INTEGRAL SYSTEMS BGW 

Audio engineers agree that the ultimate Preamp must have all the CONTROL flexibility of a 

patch panel ... our new PE2217 has pushbutton -patching, plus 22 more MUST features ... 
SPECIAL FEATURES 

ALL PUSHBUTTONS INTERLOCKED to prevent inadvertent program destruction DISCRETE -OCTAVE EQUALIZATION CONTROL of ten 

octaves on each channel, ±12db each octave FULL -SPECTRUM LEVEL CONTROL for each channel AUTOMATIC CONTINUOUS MON- 

ITORING by light -emitting diodes for visual warning of overload in output circuits VISUAL ZERO -GAIN EQUALIZATION BALANCING on 

music, while noise or pink noise SELECTION OF TEST LITES on or off. TAPE DUBBING BETWEEN TWO MACHINES, with optional 
simultaneous equalizing and monitoring DOUBLE -DUBBING into two recorders simultaneously SEPARATE SYSTEM -SELECTION en- 
ables full use of all other functions during the tape dubbing operation LINE OIR TAPE equalization selector AUTOMATIC EQUALIZER 
DEFEAT when -line or tape equalizer is not in use FRONT PANEL TAPE input-output jacks for easy 2nd and 3rd tape recorder hookup 
access TAPE MONITORING of either tape at any time TWO stereo headphone jacks MONO SELECTOR for left, right or both channels 
to both outputs REVERSE -STEREO mode TWO low-level phono inputs FOUR independent phono preamps SIX A/C outlets, 4 

switched, 2 unswitched ELECTRO -PLATED FERROUS CHASSIS - (eight sections) - provides optimum shielding to minimize magnetic 
field -coupling SINGLE -POINT system ground connector minimizes ground -loops TWO REGULATED power supplies 

EQUALIZERS 
NOW YOU CAN MAKE YOUR SYSTEM SOUND EXACTLY THE WAY YOU WANT IT TO SOUND! 

In a few minutes, you can accurately "tune" the frequency response of your stereo system and room environment to a flat 
db! All you need are your own ears and the Soundcraftsmen Equalizer (with its step-by-step instruction record) to transform any 

stereo system and room environment into an acoustically -perfect concert hall! Or, to provide any special acoustical effects you 

desire! The Soundcraftsmen Equalizer enables you to instantly compensate for frequency response variations, in system and room. 

+14++4t! i*ariutti+14 
ffl Sr« .6rM/X 9.4e II 1'2212 

,..., ..,:.,. ';.... 

GUARANTEED to enhance and improve 

any fine system! 
Just plug 2 cables into your receiver's tape monitor jacks, and 

you are ready to enjoy a new experience in musical enjoyment! 

2212 Illustrated above .. $349.50 

20-12 
Samespecs RP2212. 
exccLEept no .D.'s,no 299.50 $ 
Tape Equalize on front 

Both models include walnut -grained cabinet or rack mounts. 

SPECIFICATIONS 
FREQ. RESPONSE - Hi -level: -±1/4 db, 5 Hz to 100 KHz 

FREQ. RESPONSE - Phono: ± 1/2 db, 20 Hz to 20 KHz 

THD: less than .05% at 1 volt (Typ..01% at 1 volt) 

IM: less than .05% at 1 volt (Typ..01% at 1 volt) 

SIGNAL-TO-NOISE- Hi -level: 100 db below full output 

SIGNAL-TO-NOISE - Phono: 84 db below a 10mv input 

SIGNAL-TO-NOISE - Equalizer: 90 db below a 1 volt input 

OUTPUT IMPEDANCE: 600 ohms 

MAXIMUM OUTPUT: 5 volts into hi impedance, 
2.5 volts into 600 ohms 

EQUALIZER LEVEL: Zero -gain controls for left and right 
continuously variable, for unity gain compensation 

EQUALIZER RANGE: 12 db boost and 12 db cut, each octave 
at 30, 60, 120, 240, 480, 960, 1920, 3940, 7680 and 

15,360 Hz. 

MAX. OUTPUT SIGNAL: Variable master volume control 
allows adjustment of optimum output to match amplifier 

CIRCUIT BOARDS: Military grade G-10 glass epoxy 

RESISTORS: Low -noise selected carbon -film 
POWER SUPPLY: Separate supply for phono and equalizer 

DIMENSIONS: Walnut -grained case 71/4" x 20" x 111/4" deep 

WARRANTY: 2 years parts and labor 

SHIPPING WEIGHT: 28 lbs. 
MADE IN U.S.A. 

PE 2217 $499.50 
includes walnut -grained cabinet or rack mounts. 

FREE! li. h 

the "Why's and How's of Equalization," an easy to un- 

derstand explanation of the relationship of acoustics to your 

environment. This 8 page booklet also contains many unique 

ideas on "How the Soundcraftsmen Equalizer can measurably 

enhance your listening pleasure," "How typical room prob- 

lems are eliminated by Equalization," and a "10 -point sel' 

ated Equalization Evaluation Check -List." 

1721 NEWPORT CIRCLE, SANTA ANA, CA 92705 
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Editor's Review 

HALF A DOZEN of the world's foremost loudspeaker 
authorities, including A.N. Thiele, Richard Small, J. 

Robert Ashley, J.E. Benson, Murray, and very proba- 
bly Paul Klipsch, will be leading a series of tutortial seminars 
to be held in conjunction with the Australian Institution of 
Radio and Electronics (IRE) Electro -Acoustic Conference in 
Sydney, Australia late in August. A special tour has been ar- 
ranged, the cost of which covers all transportation (in- 
cluding that in Australia), hotel bills, landing fees, tips, but 
no meals. Estimated price of the two-week tour is $1400.00 
per person from Los Angeles, and this represents a consid- 
erable savings for a remarkable opportunity. 

The group leaves Aug. 16 from Los Angeles, and there will 
be a two-day stopover in Fiji for jet-lag recovery. The tutor- 
ial lectures will be held on the 20th, 21st, and 22nd at the 
Univ. of Sydney, with the 25th through the 29th spent at the 
IRE Conference. There will also be some outside touring ar- 
ranged, and preliminary plans include a concert at the Syd- 
ney Opera House. 

If you would like to go on this tour, you must act quickly, 
since a deposit of $250.00 must be in by July 20th and the 
balance by August 1st. Deposits should go to Bud Edmonds, 
Research Associates, 66 Minnehaha St., Manitou Springs, 
Colorado 80829 (303) 685-5776. Further information can be 
obtained from Edmonds. A remarkable opportunity!!! 

Covers 
The Edison Triumph shown on this month's cover repre- 

sents an unusual transitional unit between the Model A and 
the Model B. Its serial number is 256Q9, and it was built 
about 1898. It plays either brown or black cylinders, but only 
the two -minute variety, and is capable of playing up to 14 

cylinders with a single winding of its triple -spring motor. 
The unit apparently was a top -of -the -line model and sold 
for about $50.00 with the black and brass horn shown. There 
was a black, floor -standing horn sold as an accessory. 

The Model C reproducer, which goes with this unit, has a 

spherical sapphire stylus for vertical -cut cylinders and a 

stretched -copper diaphragm. The unit also has a record sha- 
ver and a recorder. 

The mechanical refinement of the unit is fairly advanced 
for the time. The drive belt can be accurately tensioned by 
means of a screw which lowers the entire motor against the 
belt, and the nickel -plated chassis features replaceable 
bearings. A screw -set governor regulates speed. 

The unit is owned by an ardent, young collector, Evan 
Blum, whose specialty is doing restorations of reasonably 
complete machines. Blum also has about a dozen machines 
for sale, including a Fireside B which was made for only 
about two months. The Fireside B played the four -minute 
wax cylinders but was dropped soon after its introduction 
because the much superior Amerol cylinders came on the 
market. 

Blum is currently working on an article about sources of 
supply and services for this field, which we hope to publish 
in the not -too -distant future. We will be happy to forward 
any correspondence to Blum, either about his collection or 
about the article. 

Back in June, the credit for the cover was inadvertently 
dropped, and we apologise to Philadelphia Wireless In- 
stitute from whose collection the Radiola Model 27 in the 
photo came. 

Philadelphia Wireless, not incidentally, is one of the na- 
tion's oldest and best schools for technical training in the 
disciplines related to electricity, radio, and broadcasting. 
The faculty believes in classroom education as it appears to 
offer better opportunity for back -and -forth interchange be- 
tween teacher and student. The school also features a varie- 
ty of radios, TVs, test instruments, and breadboard circuit 
set-ups for hands-on training. They are located at 1533 Pine 
St., Philadelphia, Penna. 19102. 

Stereo AM 
RCA Broadcast Systems demonstrated a proposed stereo 

AM system at the recent National Association of Broad- 
casters meeting in Las Vegas. The proposed system multi- 
plexes the two discrete left and right signals on the broad- 
cast carrier for later decoding by the stereo AM receiver. 
Mono receivers would be able to receive a single composite 
signal with no degradation in performance. 

Hermon H. Scott 
Hermon Hosmer Scott, one of the handful of inventive 

pioneers who helped launch the high fidelity industry when 
he founded H.H. Scott, Inc. in the mid -Forties, died in April 
after a protracted illness. He was 66 years old. 

Scott graduated from the Massachusetts Institute of Tech- 
nology, receiving his Master's degree in Electrical Engineer- 
ing from MIT in 1931. He was subsequently employed by the 
General Radio Co. as a development engineer, and while 
there developed the first sound level meter. In 1939 he de- 
signed and patented the R/C oscillator, on which most sig- 
nal generators have been based for many years. 

Another significant development was his dynamic noise 
suppressor, a device which materially lowered the level of 
scratch on records while preserving most of the musical 
content. Originally for radio stations, simplified versions 
were later sold for high fidelity. He held more than 100 pat - 
tents. 

During 1947 in Maynard, Mass. Scott founded the com- 
pany which bears his name. The firm became one of the two 
best-known makers of high fidelity components (along with 
Fisher Radio), and was sold in 1972 to Eastern Air Devices, at 
which time he retired. 

Scott's lifelong interest in music led to his becoming a 

Trustee of the Boston Opera. He was a Fellow of the In- 
stitute of Electrical and Electronic Engineers. He received 
the John Potts Award of the Audio Engineering Society in 
1951, becoming a Fellow of the AES in 1952. In 1961 he was 
elected Executive Vice -President of the AES, becoming Pres- 
ident in 1962, and joining its Board of Governors in 1963. In 
1974 he was elected Executive Vice -President of the AES, be- 
coming President in 1962, and joining its Board of Governors 
in 1963. In 1974 he was made an AES Life Member. E.P. 
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The source of serfection 
in sound ...tracks at 
one gram (or less) in stereo 
and discrete. 

Frankly, perfection doesn't come easily. 
Pickering's engineers pursued the idea 

of a totally new departure in cartridge 
design with all the zeal of true crusaders. 

They had a reason ... there was a 

demand for a pickup to play both stereo 
and discrete (as well as SO and QS) with 
total and absolute precision at one gram. 

That they succeeded is a remarkable 
achievement because this cartridge 
successfully tracks all types of records 
at forces even lighter than one gram. 
It is a real first to do it this accurately. 

The Pickering XUV/45000 possesses 
excellent performance characteristics that 
provide outstanding frequency response 
and separation beyond 50 kHz. These 
improvements make possible the most 
faithful reproduction of the 30 kHz FM - 

modulated material on discrete records. 
It is noteworthy that Pickering's exclusive, 
new design development, which 
provides superior 4 -channel discrete 
performance, also greatly enhances the 
reproduction of stereo records. 

The XUV/4500Q features Pickering's 
patented Quadrahedral® stylus assembly. 
The Quadrahedral stylus assembly incor- 
porates those features that produce 
extended tnoc 7f '" for 4 -channel as 
well as stereo. This means that it possesses 
not only superior performance in low fre- 
quency tracking, but also in high frequency 
tracing ability. When combined with the 
exclusive QuadrahedronTM stylus tip, 
a brand new shape, it can truly be called: 
"the Source of perfection in Sound", whether 
the playback requirement is stereo, SO, QS 
or discrete 4 -channel. 

The specifications are so exciting 
that we hope you will write to 
Pickering and Company, Inc., Dept. A 

101 Sunnyside Blvd., Plainview, 
New York 11803 for further information. 

PICKERING 
"for those who can [hear, the difference - 

Check No. 27 on Reader Service Card 



A.N. Thiele - 

Sage of Vented Speakers 
Ray J. Newman* 

RECENTLY A SIGNIFICANT and elegantly -written ar- 
ticle describing the nature of vented speaker boxes 
was republished in this country (1,2) 10 years after its 

original publication in Australia (3), A.N. Thiele's "Loud- 
speakers In Vented Boxes." I strongly believe this article is 

an important milestone in the literature on high -quality 
sound reproduction, and that it deserves to be shared with a 

wide spectrum of readers. It has already stirred active inter- 
est as shown by several notes and letters in the AES Journal 
(4,5,6,7) and in recent AES convention papers (8,9). 

In his article Thiele investigates the behavior of vented - 
box speaker systems by analyzing their equivalent circuits as 
high-pass filters. Using techniques of electrical network 
analysis, he arrives at a remarkable tabulation involving not 
one, but 28 ordered ways of creating a vented -box speaker 
system! The discussion ranges to such matters as the specif- 
ics of designing the speaker box, measurement of required 
loudspeaker characteristics for proper design, and some es- 
pecially significant discussion regarding loudspeaker effi- 
ciency and cone excursion as they relate to different system 
types. The details of some of these matters together with 
their implications will be pursued in this article. It should be 
understood from the,outset that only the mid -to low -fre- 
quency part of the system, roughly below the frequency at 
which the cone's circumference equals one wavelength is 

being dealt with. This in no way detracts from the im- 
portance of Thiele's article, as this region is a most de- 
manding one indeed and generally dictates the size and 
performance format of the complete system. 

The following important implications of the generalized 
vented -box information presented by Thiele are listed here 
as an early broad summary: 

1. Considering the four interrelated matters of low -fre- 
quency limit (the 3 dB -down point), usable cone diameter, 
maximum cone excursion above the low frequency limit, 
and acoustic power output, the nature of many types of 
vented systems as compared to sealed systems can be sum- 
marized as shown in Table I. 

2. A simple but elegant relationship between system effi- 
ciency, low frequency limit, box volume, and one parameter 
pertaining to the speaker mechanism alone is also described 
by Thiele. This relationship is valid for both vented and 
closed systems, and although Thiele's table of 28 alignments 
indicates that many comparisons are possible (depending 
on the type of vented system), one of the more useful align- 
ment types (Thiele's fourth -order Butterworth alignment) 
yields the comparisons shown in Table II between a vented - 
and a closed -box system possessing flat response. Again this 
implication, stated in three different ways, is a powerful and 
useful concept. 

3. Thiele's tabulation (Table IV) of 28 ways of creating a 

*Senior Systems Engineer, Electro -Voice, Inc. Buchanan, Michigan 

vented system is the most interesting and useful information 
of all. Presented in concise format are a large palate of possi- 
bilities for creating correctly -tailored speaker -box systems. 
Each of these possibilities or, as Thiele refers to them, align- 
ments has its own set of interesting characteristics. As exam- 
ples: 

(a) Some alignments describe how to make systems with 
the low -frequency limit higher than box tuning and the 
speaker's free -air resonance frequency. 
(b) Other alignments describe systems with the low -fre- 
quency limit lower than box tuning and the speaker's 
free -air resonance frequency. 
(c) Still other alignments are realized by using auxiliary 
electrical filters or equalizers. These illustrate ways of 
trading off box volume for system efficiency in the low- 
er part of the system's operating range. 

The possibilities of the alignment table are fascinating 
from the standpoint of system design, because they permit a 
logical and systematized approach in creating a vented 
speaker system. Further, they permit the system to take 
many different forms in terms of performance character- 
istics, box size, and speaker parameters to suit particular de- 
sign goals. The Alignment Table (Table IV) changes vented - 
box design from something akin to splashing around in the 
Dismal Swamp, to having at least a canoe and a compass. 

The Alignment Table 
The high point of Thiele's presentation is the table of 

alignments-methods of properly coordinating the box and 
speaker for a specific type of system response (12). Table IV, 
presented here, is somewhat simplified from Thiele's table. 
The Alignment Details column includes the name of the fil - 

Table I-Relationships of Parameters of Sealed and Vented 
Systems. 

Max. Cone 
LF Limit Cone Dia. Excursion * Power Output 

Same Same Same 8 times sealed 
Same Same About 1/3 Same 

of sealed 
Same X1/3 or Same Same 

about .6 
of sealed 

1 or Same Same Same 
about .6 
of sealed 

* Considering only the range above low frequency limit, 
maximum excursion occurs at this limit for a sealed system 
and at 1.45 times this limit for Butterworth -type (see text 
explanation) vented systems. 
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ter that describes the response of the system. QB3stands for 
quasi -Butterworth third -order filters, B for Butterworth fil- 
ters, and C for Chebyshev filters. The Butterworth filters are 
characterized by flat -frequency response, and the Cheby- 
shev filters are characterized by small ripples in the re- 
sponse. Note, however, that none of the Chebyshev respon- 
ses in the Table have ripples exceeding 1.8 dB. Figure 1 illus- 
trates the nature of these two types of response. 

The subscripts may be thought of as describing the rate of 
response falloff below fa, with the fourth order (subscript 4) 

falling off at 24 dB/octave with decreasing frequency, the 
fifth order at 30 dB/octave, and the sixth order at 36 

dB/octave. Note that all the alignments have basic 24 

dB/octave falloff rates due to the mechano-acoustic nature 
of the beast, and that the more rapid falloffs are a by-prod- 
uct of the electrical filters or auxiliary circuits required (i.e., 
additional electrical rolloffs of 6 dB/octave and 12 

dB/octave for fifth- and sixth -order responses, respectively). 
Additional table notations are as follows: 

f, = the 3 -dB -down point on the response curve; 
fs = the speaker's free -air resonance frequency; 
fb = the frequency at which the box is tuned (a function 
of box volume, vent area, and length, not of the speaker 
mechanism); 
Cas = the acoustic compliance of the cone suspension 
system (crudely, how "loose" the suspension is); 
Cab = the acoustic compliance of the volume of air in 
the box (Ccb = NVb, where N is a constant dependent 
on the measurement system used, and Vb is box vol- 
ume), and 
Qt = the speaker's "Q" when connected to the driving 
amplifier. (This may be thought of as how far down the 
speaker's response is at free -air resonance relative to its 

mid -band response in a very large baffle - i.e. Qt = 0.5 

means that the response is down 6 dB at resonance.) 

With the above definitions in mind, several observations 
may be made. Note that only three pieces of information 
(fs, Cas, and Qt) are needed to completely describe the na- 
ture of the speaker mechanism alone (assuming amplifiers 
with high damping factors) to create a system, and that the 
complete system calls for three ratios, involving box charac- 

CHEBYSHEV 

7/ BUTTERWORTH 

1 

1 

f3 (-3dB) 
FREQUENCY 

Fig. 1-Nature of Butterworth and Chebyshev filter respon- 
ses compared. 
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teristics, low frequency response limit, and speaker charac- 
teristics plus the speaker's Qt to be at specified values for a 

specific alignment. For a speaker designer, this requires the 
selection of a specific alignment (because of some desired 
characteristics it possesses), usually coupled with a selection 
of low frequency limit (f3), box size, and speaker diameter, 
and then careful manipulation of the three speaker charac- 
teristics (fs, Cas and Qt) to satisfy the requirements of the 
table. In practice, this is a rather complicated matter as the 
initial selection of alignment type, f3, box size, and speaker 
diameter involve dragging in many external considerations 
regarding the amount of power the system must radiate, dis- 
tortion levels, where the system will be used, etc., which are 
beyond the scope of this article. 

As the table of alignments appeared not to be generally 
known in the U.S. until recently, many, if not most, available 
unmounted speakers intended for vented boxes have some- 
what random characteristics not necessarily tied to specific 
table alignments. For such random characteristic speakers 
the moderately large number of table alignments provides 
the designer a better chance of finding a reasonable (and 
hopefully usable) alignment for his speaker. Let us instead, 
however, consider the table from the viewpoint of a 
thoughtful designer of speakers who has knowledge of the 
table's existence prior to creating his speakers. 

The first item to note in classifying the alignments in the 
table is that the first nine alignments do not require auxiliary 
electrical circuitry or equalization, unlike the remaining 19. 
Of these first 9, numbers 1 thru 4 are characterized by hav- 
ing the system's low frequency limit (f3) higher than both the 
speaker's free air resonance frequency (fs) and the box tun- 
ing frequency (fb). (This appears in the table as entries 
showing f:,/fs greater than 1, and f3/fb greater than 1, re- 
spectively.) In the case of the first four alignments, the table 

a b 

FREQUENCY f3 

C 

Fig. 2-Nature of response of alignments 10 through 14 be- 
fore and after addition of the required auxiliary filters. 

FREQUENCY 

1(1 
1 

C 

f3 

Fig. 3-Nature of response of alignments 15 through 19 be- 
fore and after addition of the required auxiliary filters. 

b 

FREQUENCY f3 

Fig. 4-Nature of the response of alignments 20 through 25 
before and after addition of the required auxiliary filters. 

also implies a speaker considerably more compliant than the 
air volume in the box (Cas/Cab considerably greater than 1) 
and small Qt's if you please (Qt's less than .303), which usu- 
ally implies large magnets. The remaining unequalized 
alignments (5 thru 9) indicate low -frequency limits at or be- 
low the unmounted speaker's free spare resonance (f3/fs is 1 

or less). Also implied here are box tunings at or above the 
low -frequency limit (f3/ fb is 1 or less), stiffer speakers rela- 
tive to the box air volume stiffness (Cas/Cab of 1.4 to .485), 
and more generous Qt's (.383 to .557). In alignments 5 
through 9, the greatest novelty is their ability to maintain 
output below the speaker's resonance frequency, although 
often fairly large boxes are required to do this and rapidly 
rising cone excursion in the region of f3 to fb is a by-prod- 
uct. Some interesting possibilities are presented by these 9 
unequalized alignments although I suspect that, like as not, 
most designers of systems would settle on alignment 5 or 
one near it. 

The remaining alignments (10 thru 28) all require an aux- 
iliary filter. Alignments 10 through 14 can be realized with 
passive electrical networks, as the networks here have the 
function of removing a natural low -frequency rise from the 
response; in other words they "de -hump" the extreme low 
end of the system's response. Figure 2 illustrates the nature 
of these responses. 

Alignments 15 through 19 can best be realized with active 
electrical networks. The networks here are required to lift 
up the extreme low end, as shown in Fig. 3. These align- 
ments have the interesting tradeoff of box volume for some 
efficiency loss (with flat response restored by the equalizer) 
at the extreme low end of the system's range. These align- 
ments can permit smallish boxes to have rather low cutoffs 
(note the moderately large values of Cas/Cab). This may be 
seen by noting the similarities between alignments 4 (an un - 
equalized alignment) and 15 (requiring a lift equalizer). 

Table II- Relationships of low -frequency limit, box size, 
and efficiency between sealed and vented systems. 

LF Limit 

Same 

Same 

About 0.7 Same Same 
(1/2 octave) 
of sealed 

Box Volume Efficiency 

Same 4.5 dB greater 
(or 2.8 times sealed) 

1.0 

-- 0.8 

0.6 

0.4 

0.2 

o 

About 1/3 of sealed Same 

\\\\\1 
\ ' 1 
i --N, SEALED ` ̀

 VENTED -r / i \ 
,.... 

0.35 050 0.71 10 141 2 0 2.83 

FREQUENCY (f/f3) 

Fig. 5-Cone excursion as a function of frequency for But- 
terworth -aligned vented systems and for sealed systems, 
with and without filters (after Thiele). 
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Tomorrow's Sound Today 

the new UL rangy by 
Celestion 

Studio quality High Fidelity Loudspeakers 
Totally designed and built by Englland's most experienced loudspeaker manufacturer, the high 
power handling CELESTION UL range offers audiophile and professional users flatter frequency 
response and lower distortion than speakers currently labelled "laboratory standard." The new UL 
range complements the Celestion Ditton Series, world renowned for ultra -wide frequency response, 
high efficiency, low distortion, and now featuring the new Ditton 33. Celestion UL and Ditton Series 
provide eight models to surpass the fastidious audiophile's exacting requirements. They are avail- 
able from a select group of knowledgeable dealers. Write or check reader inquiry card No. 10 for 
complete specifications and the name of your nearest Celestion dealer. 

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



Note here that the speaker Qt values are about the same 
(around 0.3) and the Cas/Cab values are about the same 
(around 3.0). This would permit taking the same speaker in 
the same box and altering the vent or box tuning to obtain 
f/fs = 1.45 for alignment 4, or to 1.0 for alignment 15 (with 
the 6 -dB equalization lift for alignment 15). Thus, by using 
the equalized system, it is possible to decrease the low -fre- 
quency limit by a factor of 1.0/1.45, at the expense of a mod- 
erate amount of efficiency loss in the extreme bass- 
fascinating! The odds against coming up with a correct num- 
ber 15 alignment by splashing around in the swamp of empi- 
rical cut and try without Thiele as a guide are vast. 

Yet another group of alignments, which can probably be 
best realized thru the aid of active filters, are numbers 20 
thru 25. In these cases, the filters are required to restore an 
unequalized system -response characteristic that progres- 
sively begins to resemble a dip between the low -frequency 
limit of the system and its mid -frequency response as align- 
ment number 25 is approached. A rough idea as to what is 
being done is illustrated in Fig. 4. 

In general, alignments 20 through 25 progressively tend 
toward boxes with large air compliance compared to speak- 
er suspension compliance (Cas/Cab is 1 or less), which often 
implies large boxes with the reward being a low frequency 
limit usually substantially below the speaker's free air re- 
sonance, (Alignment 25 has its -3 dB point at about 0.4 
fs-with a moderate filter boost of only 6 dB. Note that the 
electrical filters employed with these alignments (as well as 
those employed with the other equalized alignments dis- 
cussed) progressively cut off electrical input to the speaker 
system below its low -frequency limit (f;), which is an aid in 
reducing low -frequency cone excursion in the region 
where such excursion gives little fundamental acoustic out- 
put (but often appreciable distortion). The conservation of 
amplifier power below f:, also tends to make up for the in- 
creased amp output required for the boost filters used by 
most of the alignments 15 to 25 in the range above f,. 

It is difficult to completely sum up this table of alignments 
as it contains so many unusual possibilities for vented sys- 
tems with the most interesting physical realizations of these 
possibilities often lurking within the fs's, fb's, and C's of the 
tabulation in tantalizing, mind -twisting ways. Some of the 
gross characteristics of groups of these alignments have 
been discussed here to illustrate a few of the meanings of 
the table and pass on the realization of the many possible, 
often highly sophisticated, ways of dealing with the 
seemingly simple task of putting a hole in a speaker box. 

System Efficiency Relations 
A highly significant matter which deals with relationships 

between several system parameters and efficiency is devel- 
oped by Thiele. As Small points out in his project note on ef- 
ficiency (13), several writers have realized the significance of 

Table III-Comparison of output, Cone Diameters, and 
Cone Excursions of Vented Box and Sealed Box Systems un- 
der certain conditions. 

f Excursion (closed) 
f3 Excursion (vented) 

Increase in output 
of vented system 

for same excursion 

Increase in dia. 
of sealed box piston 
to match output of 
vented box at same 

excursion 

1.00 Large Large Large 
1.25 2.80 7.80 1.67 
1.41 2.00 4.00 1.41 
2.00 1.33 1.77 1.15 
3.00 1.12 1.25 1.06 

this (14) (15) (16), but Thiele appears to have been the first to 
record it in the literature. Knowledge of the way system 
parameters affect efficiency is quite important since ampli- 
fier power, even now, is not unlimited, and a designer has to 
contend also with the problem of speaker destruction, espe- 
cially in trying to reach live performance sound pressure 
levels. Efficiency describes how much electrical power input 
is needed for a particular acoustic power output. This power 
output, coupled with the size and characteristics of the lis- 
tening environment, are what determines pressure levels in 
the environment. Currently, when home speaker designers 
are reaching for ever -smaller boxes and also trying to main- 
tain an adequate low frequency limit, a knowledge of when 
the absurd is being approached or of ways of obtaining the 
best return from moderate -size boxes would seem impor- 
tant. Thiele shows how to grasp this situation in a usable 
manner for both vented and sealed enclosures. The relative- 
ly simple expression that helps to do this is (17) which can be 
restated as: 

E = 16 x 10'12 f3 VbK, 
Where E is the conversion efficiency presuming radi- 

ation is confined by a large flat surface (or radiation into a 

half space); 
f3 is the frequency at which the system's output is 3 dB 
down; 
Vb is the internal volume of the box (cubic in.). In the case 
of sealed systems, this presumes that the stiffness of the air 
in the box is much greater than the stiffness of the loud- 
speaker mechanism, and 
K is a factor dependent on specific system type-usually 1 

to 2 for sealed -box systems, and 3 to 4 for vented, un - 
equalized systems. 
This expression is indicative of the efficiency of a system at 

low frequencies (wavelength greater than speaker circum- 
ference), but if good total system design is followed, the ef- 
ficiency over most of the audible range probably should be 
less than 3 to 6 dB below this level. 

Of interest on first inspection is the powerful effect of f:,, 
which is raised to the third power. Thus, cutting f:, in half 
means reducing efficiency by 8 times, or 9 dB. Of lesser in- 
fluence is the effect of Vb, with the implication that every 
time box size is halved, so is efficiency (i.e., 3 dB). As noted 
in the definition, the K factor is between 1 and 2 for most 
sealed -box systems, and between 3 and 4 for most simple 
vented systems, although values of 9 to 18 are possible for 
some vented systems requiring auxiliary filters. 

Small (18) points out that comparison of a common non - 
equalized number 5 alignment with a sealed box can yield 
the conclusions presented in tabular form at the beginning 
of this article. Having 4.5 dB of additional efficiency avail- 
able for the same low -frequency limit and box size can be 
useful when a designer is working near the limits imposed 
by very low efficiencies-chiefly very large amplifier re- 
quirements and danger of electrical burnout. As home sys- 
tems often tend to maintain excellent low -frequency per- 
formance with the smallest reasonable box size (of even 
greater interest now, with 4 -channel systems), the informa- 
tion in the efficiency equation can be pit to good use by 
employing vented systems to decrease fa or decrease box 
size, while maintaining the same efficiency as a closed -box 
system. 

Cone Excursion Considerations 
Figure 5 is reproduced from Fig. 10 of Thiele's article (19). 

Relative cone excursions are illustrated for three cases of 
sealed -box and three cases of a vented -box of the Butter- 
worth -type alignments. Note the minimum excursion at f/f, 
= 1 inherent in the vented system. Cone excursion in real - 
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izable systems can be a very small value compared to the 
higher -frequency excursions at the same output power. It is 
fascinating to watch the cone become essentially motionless 
at f:, while high sound levels are produced by the system. 
Peak excursion for the vented system is reached at 1.45 times 
the low -frequency limit, and decreases as f/f, continues to 
increase. In contrast to this, closed -box systems reach their 
near -maximum excursion values at in -box resonance and 
show a constant drop with increasing frequency at a given 
output level. 

The differences in the plots below f/f, = 1 are due to the 
effects of auxiliary filters being applied in four of the six ex- 
amples. The particular examples portrayed involve specific, 
carefully -coordinated, filter -loudspeaker -system com- 
binations chosen for complementary characteristics. The 
highest excursion curve of a given box type is associated 
with an unfiltered system, the middle curve requiring use of 
a first -order filter (6 dB/octave decrease of the electrical in- 
put to the system with decreasing frequency below f/f3 = 1) 
and the lowest curve requiring a second -order filter (12 
dB/octave decrease in system input below f/f3 = 1). 

Note that low -frequency -cut filters can be applied to any 
kind of system, but in alignments 10 through 27, the low-cut 
feature is automatically a part of the required auxiliary filter. 
(Alignments 10 to 14 specify first -order filters, while 15 
through 27 specify second -order filters.) Thiele believes the 
input -extinguishing action of the filters below the low -fre- 
quency limit of the system is desirable, and reasonably so, 
since the filter action: 

Table IV -Summary of Vented -Box Alignments, after Theile. 

Alignment 
Details 

No. Type f 3/fs 

Box Design 

f 3/f b Cas/Cab Qt 

Aux. Ckts, 
Required 

1 Q B3 2.68 1.34 10.48 .180 no 
2 QB3 2.28 1.32 7.48 .209 no 
3 QB3 1.77 1.25 4.46 .259 no 
4 Q B 3 1.45 1.18 2.95 .303 no 

5 B4 1.000 1.000 1.414 .383 no 
6 C4 .867 .935 1.055 .415 no 
7 C4 .729 .879 .729 .466 no 
8 C4 .641 .847 .559 .518 no 
9 C4 .600 .838 .485 .557 no 

10 B5 1.000 1.000 1.000 .447 yes 
11 C5 .852 .934 .583 .545 yes 
12 C5 .724 .889 .273 .810 yes 
13 C5 .704 .882 .227 .924 yes 
14 C5 .685 .877 .191 1.102 yes 

15 B6 1.000 1.000 2.73 .299 yes 
16 C6 .850 .868 2.33 .317 yes 
17 C6 .698 .750 1.81 .348 yes 
18 C6 .620 .698 1.51 .371 yes 
19 C6 .554 .659 1.25 .399 yes 

20 B6 1.000 1.000 1.000 .408 yes 
21 C6 .844 .954 .722 .431 yes 
22 C6 .677 .917 .500 .461 yes 
23 C6 .592 .902 .414 .484 yes 
24 C6 .520 .890 .353 .513 yes 
25 C6 .404 .876 .276 .616 yes 

26 B6 1.000 1.000 .732 .518 yes 
27 C6 .778 .911 .110 1.503 yes 

28 Q 83 .952 .980 1.89 .328 yes 

A. Conserves available amplifier power by more nearly re- 
stricting its use to the part of the low -frequency spectrum 
that the speaker system is capable of reproducing well, and 

B. Reduces distortion caused by the speaker being driven 
to what would be (without a filter) its largest excursion in a 

frequency region where acoustic output is becoming rapid- 
ly diminished. 

Considering the frequencies above f/f:, = 1, a tabulation is 
shown in Table III for the ratio of cone excursion of a 
closed -box system to that of a vented -box system, assuming 
the same output power is available from each. In one col- 
umn difference in excursion is tabulated, presuming the 
same available piston size for both systems. A second col- 
umn translates this excursion to the increase in power out- 
put required to bring the excursion of the vented system up 
to that of the sealed unit. The third column shows the in- 
crease in piston diameter of the sealed -box system neces- 
sary to match the output of the vented system if the ex- 
cursion must stay the same. The last column is especially in- 
teresting because it illustrates that as the frequency of a But- 
terworth -aligned vented box approaches three times the 
low -frequency limit, the vent ceases to function. At low fre- 
quencies, the vented system operates as if it were a sealed 
system with an ever-growing piston size, until at f/f3 = 1 the 
equivalent piston has grown to immense size. This explana- 
tion is appreciably better than the naive concept that, if 
both sides of the cone were used through venting, the ef- 
fective substitute speaker would have twice the area (or 1.41 
times the diameter). Actually this equivalent substitute 
speaker would be this size one-half octave above the low - 
frequency limit, and it would grow rapidly as the limit is ap- 
proached. 

There is a most interesting connection between the sub- 
stitute speaker matter and the matter of the efficiency in- 
creases available through venting. Together these matters 
imply that f, can be pushed lower through venting, or box 
size further reduced without running out of excursion 
and/or pushing efficiency into a problem area, if one is sat- 
isfied to deal with the excursions presented by current 
sealed -box systems. Venting also has something to offer if 
one is concerned about reducing excursion at a given level 
of size and frequency bandwidth in order to further reduce 
forms of excursion -related distortion. 

Closing Remarks 

I have tried to deal with some selected topics from a most 
elegant and pertinent article in the literature on sound re- 
production apparatus. The highlight of Thiele's presentation 
is the tabulation of 28 ways of designing a vented -box sys- 
tem and doing it properly every time. Topics dealing with 
efficiency and excursion were singled out as having special 
importance in discussing what in vented systems is different 
and significant from the more normal sealed -box type of di- 
rect radiator system. Cone excursion is important, as only so 
much is available and many forms of distortion are associ- 
ated with it, but it is the connection between required 
acoustic output levels and the movement of the speaker 
cone. Efficiency is also significant as it is the connection be- 
tween required acoustic output levels and the movement of 
the speaker cone. Efficiency is also significant as it is the con- 
nection between acoustic output and electrical input re- 
quirements and intimately involves the effects of box size, 
low frequency system limits, and system type. 

The vented system is certainly not new, but it is a tormat 
often handled at less than full potential when chosen. To 
some extent, this may be a reflection of its relative corn - 
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plexity of design and operation and also a need for more in- 
formation on what it can do- and how to make it "do" prop- 
erly. Thiele's article is certainly a most definitive statement 
in these respects. 

Thiele's work has provided the theoretical groundwork 
for at least two commercially -available loudspeaker systems 
in recent years: Interface: A and Sentry Ill, both manu- 
factured by Electro -Voice, Inc. Thiele's paper also was the 
basis, by way of Small, for a construction project by Messrs. 
Lampton, Chase, and De Vries in the December, 1973, and 
August, 1974, issues of this magazine. 
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AUDIO 
CROSSWORD 

So you know your audio terminology! You say you like 
crossword puzzles? Herewith Audio presents its first Audio 
Crossword. Next time we'll give you a really tough set of 
terms to fill in. Answers to this one are on page 79. Good 
luck! 
Across 

1. Connecting wires; cords. 
4. Column in this magazine; Audio 
5. The Authoritative Magazine About High Fidelity. 
7. Two separate signals from two speakers. 
9. Jacks from which signals leave (plural). 

12. A function switch selector. 
14. Name for 101/2 -in. tape reels. 

Down 
1. Common name for RCA (audio) plugs and jacks. 
2. Individual part of tape, which carries one sound signal. 
3. Erase, Record, and Playback parts of tape machine. 
4. Tape in an 8 -track cartridge is 
6. Man who invented a noise reduction system. 
8. Volume Units. 
9. Units of resistance. 

10. Total Harmonic Distortion. 
11. Whole , or semi ; pitch. 
13. Initials of editor of 5 across. 
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Philips RM532 

Motional Feedback in 
Loudspeakers 
George W. Tillett 

ABIG PROBLEM loudspeaker designers face today is 
the difficulty of producing good bass response from 

a small system. As the enclosure size decreases, the 
air inside becomes stiffer, which tends to restrict cone mo- 
tion and force the system resonance higher. For example, an 
8 -in. speaker with a free -air resonance of 25 Hz might have a 

resonance as high as 130 Hz in a one cubic foot closed box. 
This generally means that the low frequencies will be dis- 
torted, and what bass is produced will be colored. System 
resonance is determined by the cone diameter, magnetic 
field, moving mass, suspension, and the stiffness of the air 
spring Thus, the designer can either trade efficiency for 
bass by using some kind of mass loading, he can use a small- 
er cone, which might increase the intermodulation dis- 
tortion (and probably cost more due to the increased mag- 
net size), or he can opt for a vent. This vent can take the 
form of a tube or duct, but it too must be very carefully de- 
signed or it can make matters worse! Alternatively the de- 
signer could put the loudspeaker inside the amplifier feed- 
back loop where the distortion could be reduced and the 
resonances controlled. This concept is called Motional Feed 
Back, or MFB. 

Most engineers believe that when negative feedback was 

INPUT 

E EG 
AMPLIFIER 

GAIN=A 

Andante 3A 

LOAD 

/3° 

Fig. 1-Block diagram of a system with negative feedback. 

found to improve the performance of amplifiers, loud- 
speaker designers then began to wonder how the same 
principle could be applied to reduce the distortion pro- 
duced by loudspeakers. One might think so, since amplifier 
feedback was invented a long time ago, but as Josh Billings 
would say, it just ain't so. Although Black and Blumlein were 
working on amplifier feedback in 1934 (1), Hanna had filed a 

patent for a system of servo (motional feedback) to control 
the response of a balanced armature speaker some 10 years 
earlier (2), During the next 20 years, many articles on mo- 
tional feedback were published, and the problems were 
well summarized by Olson (3) in 1940. 
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In simple terms, negative feedback means that a portion 
of the output of an amplifier is fed back in opposite phase, 

thus reducing the overall gain as well as canceling some of 
the non -linearity (distortion). Figure 1 shows a block dia- 
gram of an amplifier with a feedback loop. The gain of the 
amplifier is A, thus: 

0 
A= 

EG 

If the,feedback is applied and the input voltage increased to 
E'-making up for the loss in gain, then it follows that: 

E° E° 
Afb -Ei - EG 

The gain reduction due to feedback is therefore: 

A E°/EG = 1 BE° - 1-ßA 
Afb E°/(EG -ßE° EG 

The quantity 1-ßA is called the feedback factor and is usu- 

ally expressed in dB. Thus, to say an amplifier has 20 dB of 
feedback means that the feedback loop has reduced the 

B 

Fig. 2-The Gogny twin voice coil loudspeaker. A is the 
driven coil and B is the pickup coil. C is made of non-mag- 
netic material and serves only as a mounting piece. 

gain by 20 dB or a factor of 10. If the amplifier has been well 
designed, then the distortion will have been reduced by a 

similar amount. 
The question is, how to put the loudspeaker inside the 

feedback loop? Well, there are three methods commonly 
used. The first uses a separate voice coil to produce the 
feedback voltage (or current); the second uses a transducer 
to pick up the output signal, and the last takes a feedback 
"error" signal from a bridge or other network connected to 
the loudspeaker. 

Applications of MFB 
Figure 2 shows a loudspeaker with twin voice coils devel- 

oped by Gogny in France, patented in 1954. As might be ex- 
pected, there are a number of problems associated with this 
kind of construction. The pickup assembly must be kept 
small to avoid irregularities in the cone radiation, and the 
electrical coupling between the coils must be kept at min- 
imum. The Gogny speaker had a very short voice coil, mea- 
suring only 8 mm (1/3in.) with a diameter of 11/2 in. The cone 
size was 12 in. and the servo control could only function up 
to the frequencies at which cone breakup occurred. In this 
case, the crossover point was 800 Hz, and the cone acted 

Fig. 3-MFB circuit used in the Matsushita amplifier. A is the 
driven coil, B is the pickup coil which provides the feedback 
signal. T1 is the amplifier output transformer. 

more or less like a piston below that frequency. I heard this 
hybrid servo system several times at the Gogny plant in Paris 

and was most impressed with the clean bass and overall clar- 
ity. 

About the time Gogny was carrying out his experiments, 
or possibly even earlier, Naraji Sakamoto, of the giant Mat- 
shushita company in Japan, also evolved a practical double 
voice coil loudspeaker. The driven coil was about 11/2 inches 

in diameter and the pickup coil was one inch in diameter. 
Cone size was 8 -in. and, as in the Gogny system, feedback 
was used only up to 800 Hz. Conventional crossovers were 
employed with a 3 -in. midrange unit plus a 2 -in horn twee- 
ter. The enclosure size was 0.83 cubic ft., and Fig. 3 shows 
the basic circuit used in the companion amplifier. T1 is the 
amplifier output transformer, and signals from pickup coil B 

are taken via two paths to switch SD, with another loop tak- 
en from driven coil A. Note the two resistors, R1 and R2, giv- 
ing a combination of negative and positive feedback, an ar- 
rangement often used in amplifiers to obtain zero output 
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Fig. 4-System resonance and damping in the Matsushita 
amplifier. Two resonant frequencies, 80 Hz and 40 Hz are 
shown, each with high and low damping. 
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impedance in the days when this was thought desirable. The 
feedback loops are taken to the cathode of a pre -driver tube 
and control SD will affect the damping, while twin control 
SB changes the speaker system resonance as shown in Fig. 4. 
Two extremes are shown, 40 and 80 Hz system resonances, 
each with high, and with low damping. Although Sakamoto 
seems to emphasize the importance of resonance control 
and critical damping to get good bass from a small en- 
closure, the MFB arrangement also reduces distortion, as 
can be seen in Fig. 5. Here an 8 -in. speaker with MFB is com- 
pared to a similar unit without feedback, in terms of second 
and third harmonic distortion. 

The same loudspeaker was used with several other ampli- 
fier systems, but the MFB circuitry was simpler, although at 
least two had bass -lift controls in the feedback loop. 
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Fig. 5-Second and third harmonic distortion of Matsushita 
speaker, with and without MFB. 
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Fig. 6-Block diagram of the Philips RH -532. 
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Fig. 7-Distortion of the Philips 8 -in. cone (left) and dis- 
tortion of the 3A speaker (right), each shown with and with- 
out MFB. 

Feedback Via Piezo Material 
Now for a look at the transducer method (4) of MFB-the 

most successful being the Philips system developed by Klaa- 
sen and de Koning (5) about 7 years ago in Holland. The 
present system (reviewed in our April, 1975 issue) consists of 
three loudspeakers all housed in a small enclosure measur- 
ing only 15 in. H. X 11 in. W. X 8 in. D. The bass speaker has 
an 8 -in. cone, and it crosses over to a 5 -in. midrange unit at 
500 Hz, with a 1 -in. dome taking over at 4 kHz. These speak- 
ers occupy only 550 cubic inches, while the rest of the space 
is taken up by a 40 -watt low -frequency amplifier plus a 20 - 
watt unit for the treble and midrange. Truly a case of mul- 
turn in parvo! The transducer used for feedback is really an 
accelerometer-a disc of piezo-electric material mounted 
on the loudspeaker voice coil together with a tiny pre- 
amplifier. The voltage generated is proportional to the me- 
chanical movements of the cone, which are compared to 
the input signal by the comparator as shown in Fig. 6. The 
two signals are 180 degrees out of phase and distortion is re- 
duced considerably, as shown in Fig. 7. This acceleration 
feedback effectively increases the apparent mass of the 
moving system so the resonance is brought down. The sys- 
tem resonance is lowered by the use of MFB in this case to 
35 Hz. This is a dramatic improvement, for without MFB it 
would increase to 75 Hz! 

The third system of MFB is sometimes called velocity feed- 
back, as it makes use of the back emf generated by the 
speaker voice coil due to its motion in the magnetic field. In 
other words, the speaker acts as a microphone, and at re- 
sonant frequencies, where the cone movement is larger 
than the applied signal, an error signal is generated. This has 
to be separated from the applied signal and there are several 
ways to do this. A bridge circuit is often used (6) and Fig. 8 
shows an example. Connected in series with the loudspeak- 
er is network Ze whose phase angle is equal to the imped- 
ance of the loudspeaker in the blocked state. The difference 

AMPLIFIER 

Fig. 8-Typical bridge MFB circuit. Ze is equivalent to the 
impedance of the speaker in blocked state. 

INPUT 

1 
Fig. 9-MFB circuit developed by NASA. L1, R1, and R3 form 
the sensing network. 

R1 

R3 
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Announcing 

The speaker that 
INFINITY'S 



wasn't made to sell. 
SERVO STATIK lA 

Not very long ago, before Infinity Systems was Infinity 
Systems, it was a small group of extremely dissatisfied, 
conceptually exotic, pighead-stubborn aerospace- 
physicist/music freaks in a garage. 

Our dissatisfaction was with the sound and inherent 
distortion in all existing speakers. 

Our exotic concepts promised an entire new 
technology of audio electronics. 

And our obstinate nature made us push those Lorelei 
theories into a unique realization: the Servo Statik 1. 

We developed the Servo Statik for one reason - 
to create the world's finest medium of audio reproduction, 
regardless of cost. For ourselves, really. 

We figured we could then use this new proprietary 
technology primarily as a reference standard- 
a benchmark technology, enabling us then to create a 
popular -priced line of vastly superior -sounding speakers. 
We didn't figure people would actually line up to buy 
the appallingly expensive Servo Statik 1. 

We were wrong. 
The mystique grew. And so did Infinity. 

Now we are announcing the 
k _ Servo Statik 1A. Without fear 

of contradiction we 
can state that 
no speaker 

ever made is as 
distortion -free, as accurate, 

as capable of as wide a dynamic 
range and as great a frequency 

response as the Servo Statik 1A. 
The system consists of two 

electrostatic screens which produce 
tones from 70 Hz to 40 kHz, a 

separate bass cube producing tones 
from 15 to 70 Hz and a servo bass 

amplifier/electronic crossover. 
Its 15 Hz to 40,000 Hz power 

bandwidth means it produces the full 
sonorities of the 64 foot diapason 

(the largest pipe of a cathedral organ) 
as well as the inaudible but vitally 

important orchestral overtones. 

Its 114 dB peak sound pressure levels means it 
can fully reproduce the transient peak of every section 
in the symphony orchestra, the full volume of a 
concert grand piano in the same room, or the raging, 
raunchy thrust of the most punching rock sound. 

Its midrange and high frequency electrostatic 
modules are angled to provide horizontal and vertical 
dispersion-creating a life -breathing concert -hall 
ambiance that is unrivalled. 

Its separate Brazilian rosewood veneer bass cube 
houses an 18" woofer with a 35 lb. magnetic circuit and 
a motion sensor as the heart of its servo mechanism 
system. The servo woofer, driven by its own 150 watt 
RMS DC servo amplifier, generates unparalleled 
distortion -free bass reproduction; articulate, tight 
and accurate. 

Its electronic crossovers with high voltage FETS, 
and crossing over at 70 Hz and 2,000 Hz, provide 
perfect phase linearity over the entire musical spectrum. 

In its unprecedented homogeneity and musicality, 
the Servo Statik lA is a staggering achievement. 

It costs $3,200. 
Yet you don't have to spend $3,200 to get typical 

Infinity clarity, transparency and depth of sound. 
As we said, one of our objectives in conceiving the 

Servo Statik lA was to develop a benchmark technology 
for a more "realistically" priced line of speakers. 

The result? Every Infinity speaker, from the POS II 

at around $100 to the Monitor H at about $450, has 
achieved superlative reviews from leading testing labs 
and audio reviewers. 

Very soon Infinity will top these technological 
achievements by introducing the DSP Switching 
AmplifierTM-not just a new amplifier, but a new concept 
of amplification; an esoteric technology that will have 
far-reaching effect in the audio and music industries. 

We've restricted sales of the Servo Statik lA to a 
select family of dealers. Drop us a note and we'll be 
happy to tell you the Infinity dealer nearest you. 

We hope you'll treat yourself to the experience of 
listening to the Servo Statik 1A. Or any Infinity speaker. 

You'll discover a totally new phenomenon: live 
music without the musicians. 

r; 

We get you back to what it's all about. Music. 

©1975 Infinity Systems, Inc., 7930 Deering, Canoga Park, Ca. 91403 / TWX 910-949-4919 

Check No. 17 on Reader Service Card 



voltage is then applied as feedback (7,8). In a more elaborate 
version developed by the Ames Research Center of NASA 
(Fig. 9), a sensing network is formed by L, R1, and R3; the 
speaker voice coil is shown as a lumped inductance with in- 
ternal resistance. 

Velocity MFB systems are also used by LWE, the French 
company 3A, and the Belgian firm Servo -Sound. The last- 
named company also uses a non -linear -feedback arrange- 
ment to boost the bass at low listening levels. The French 
firm calls their system Acoustic Pressure Feedback. It has a 

10 -in. bass unit with a 4 -in. midrange and a 2 -in. horn twee- 
ter. The built-in amplifier has an output of 125 watts and is 

housed in the speaker enclosure. The system measures a 

mere 18 -in. H. X 12 -in. W. X 71, -in. D. A bridge circuit is 

used to derive the feedback voltage. At 30 Hz, the bass cone 
moves nearly one-half inch with input of only five watts 
sine -wave power. The distortion characteristics are given in 
Fig. 7. The bass unit crosses over to the 4 -in. unit at 400 Hz, 
and the crossovers are built-in. Provision is made for a sepa- 
rate 20 -watt amplifier for the treble and midrange. These 3A 
systems are now available in Canada and will be sold here in 
the near future. 

The LWE loudspeaker systems were designed by L.W. 
Erath and are now marketed by CM Laboratories, Inc. Un- 
like the 3A system, the LWE servo -control extends over the 
entire audio spectrum, with one element in the sensing net- 
work variable to permit some modification of the bass re- 
sponse. This variable element is called "Room Gain Con- 
trol," and it has five switched positions. The largest system in 
the LWE line uses a 15 -in. bass speaker, a 6 -in. midrange, 
and two tweeters, while the smallest, Model 10, is a book- 
shelf system with a 10 -in. woofer and a 2 -in. tweeter. All 
these systems are available separately but if they are not 

used with a CM amplifier the connections inside the ampli- 
fier would have to be made by a technician. 
Summary 

With the growing popularity of quadraphonic sound and 
the consequent emphasis on small loudspeaker systems, 
MFB would seem to provide some of the answers to the in- 
herent space problems. I am sure we will see more high 
quality compact systems with built-in amplifiers with MFB in 
the not too distant future. If only an MFB system could be 
devised that would provide complete room correction 
too...! 
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The MAGNEPLANAR Tympani, based upon 
proven concepts, is an important advancement 
toward the theoretically perfect speaker. 
Low -mass Mylar diaphragm with controlled 
tension provides critical damping. 
Low diaphragm breakup. 
No speaker cabinet to cause resonance, 
loading problems, or transient degradation. 
Linear power response-no compression of 
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Equipment Profiles 
J 

JVC 4VR-5426X 4/2 -channel FM/AM Receiver 

MANUFACTURER'S SPECIFICATIONS 
FM Tuner Section 
IHF Sensitivity: 2.2 µV. 50 dB Quieting: 3.0 µV. S/N Ratio: 68 

dB. Selectivity: 60 dB. Capture Ratio: 2.0 dB. AM Suppres- 
sion: 50 dB. Image Rejection: 55 dB. I.f. and Spurious Re- 
jection: 80 dB. THD: Mono, 0.5%; stereo, 0.8%. Muting & 
Stereo Threshold Level: 2.2 µV. Frequency Response: 20 Hz 
to 15 kHz ±1 dB. 
AM Tuner Section 
IHF Sensitivity: 30 NV, internal antenna; 200 µV/m, external. 

Fig. 1-Back panel of the 4VR-5426X. 

6 

Fig. 2-Internal view. 
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S/N Ratio: 55 dB. Selectivity: 30 dB. Image Rejection: 45 dB 

If. Rejection: 50 dB. 
Amplifier Section 
Power Output: 13 watts/channel continuous power from 20 

Hz to 20 kHz at 4 or 8 ohms, 4 -channel operation (15 watts 
from 40 Hz to 20 kHz); 30 watts per channel, 8 ohms, 2 -chan- 
nel operation, from 20 Hz to 20 kHz (32 watts from 40 Hz to 
20 kHz). THD: 1.0% at rated output; 0.1% at half rated out- 
put. IM: 1.0% at rated output; 0.2% at half power. Damping 
Factor: 30 at 8 ohms. Input Sensitivity: Phono, 1.5 mV; AUX 
and Tape, 200 mV. S/N Ratio: Phono, 65 dB; AUX and Tape, 

75 dB. Tone Control Range: Bass, ±10 dB at 100 Hz; treble, 
±10 dB at 10 kHz. Loudness Control: +12 dB @ 50 Hz; +6 dB 

10 kHz. 
General Specifications 
Dimensions: 18-3/4 in. W. x 6-3/8 in. H. x 15-3/8 in. D. Price: 
$399.95. 

Japan Victor Company is, as most everyone knows, re- 
sponsible for the introduction of the CD -4 discrete record in 

Japan and, in partnership with RCA in this country, has been 
actively promoting that 4 -channel disc format. It is no sur- 
prise, therefore, that the company's line of high fidelity re- 
ceivers (from highest -priced models to this relatively low- 
cost unit) should include full demodulating facilities for CD - 

4 record playback. Bowing to demands for universality, the 
4VR-5426X also includes matrix decoding for SQ-encoded 
records and other matrix -encoded discs such as RM and QS, 

though these facilities are by no means as sophisticated as 

those found on more expensive units which employ various 
forms of logic separation -enhancement circuitry. 

The front panel of the receiver is designed along fairly 
conventional lines. The upper section includes a blacked - 
out dial panel, which becomes illuminated when power is 

applied. Restricted to one tuning meter for reasons of econ- 
omy, JVC wisely chose to have that meter (at the left of the 
dial scale) act as a signal -strength meter in AM, but as a cen- 
ter -of -channel tuning meter in FM. The FM dial scale is lin- 
ear, and there is a logging scale between the AM and FM 

numerals to permit easy referencing of favorite stations. To 

the right of the dial scale are the usual stereo indicator light 
and the increasingly popular (on 4 -channel equipment) "ra- 
dar" light, which glows when CD -4 records are played. A 

good-sized tuning knob is located at the right of the dial 
area. 
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Controls located along the lower, gold -colored section of 
the front panel include a lever -style power on/off switch, a 

speaker switch (which determines whether the receiver is to 
be operated in its "bridged" 2 -channel mode or in 4 -chan- 
nel, since only one quartet of speakers can be connected to 
the unit), bass and treble controls, a mode switch (with posi- 
tions for 2 -channel, 4 -channel discrete or matrix playback), 
a program source selector switch, four small, individual - 
channel level controls, and a master volume control. A pair 
of phone jacks, for front and rear plugs of quadraphonic 
phones, are located adjacent to the power on/off switch. 
There are also a pair of push buttons for tape monitoring 
and loudness control activation. 

The rear panel of the receiver, pictured in Fig. 1, includes 
thumb -screw speaker -connection terminals for the four 
speakers, Tape Rec and Play jacks with full 4 -channel capa- 
bility, Phono and AUX input jacks and Antenna terminals for 
either 75 -ohm or 300 -ohm external FM antennas and an ex- 
ternal AM antenna. A short, pivotable, AM ferrite -bar an- 
tenna is also located on the rear panel. There are three ad- 
justment controls needed for setting up your CD -4 cartridge 
for optimum separation and lowest distortion, as well as a 

pair of a.c. convenience receptacles and an FM detector 
output jack for connection of future 4 -channel FM de- 
coders. While a short wire is connected to one of the FM an- 
tenna terminals at the factory (it is capacitively coupled to 
the line cord to serve as a minimal indoor FM antenna), we 
do not recommend its use as a substitute for a true antenna 
(indoor or outdoor) if serious FM listening is planned. 

Receiver Circuitry 
Despite its relatively low cost, the JVC 4VR-5426X has 

some interesting and sophisticated circuitry built into its 
compact chassis, a view of which is shown in Fig. 2. The 
front-end uses an FET r.f. amplifier and a three -gang tuning 
capacitor for FM. The i.f. section includes a bi -polar transis- 
tor as well as a multi -purpose IC for amplification, limiting 
and detecting. A multi -element, ceramic, tuned filter pre- 
cedes this IC. A single IC, which incorporates a phase -lock - 
loop circuit, is used for multiplex decoding, and all AM cir- 
cuitry is contained in another multi -function integrated cir- 
cuit. The entire tuner section is built onto a single p.c. mod- 
ule, and there are separate modules for the preamp section, 
the CD -4 demodulator circuits, voltage amplifier stages, 
tone control amplifiers, loudness compensation circuits, 
and the main power amplifier sections. The power amps use 
a differential amplifier stage and feature direct speaker cou- 
pling via protective fuses in each channel. These fuses are 
replaceable only after removing the unit from its wood cabi- 
net. While a full schematic diagram is supplied with the 
owner's manual, the CD -4 decoder section is shown as a 

blank block with no circuit details spelled out. 
FM Performance Measurements 

IHF sensitivity for our sample measured exactly 2.2 µV, ex- 
actly as claimed and, more important, 50 dB of quieting was 
obtained with only 2.8 µV of signal applied in mono mode. 
Best overall S/N ratio obtained for high-level input signals 
was 71 dB, equal to performance obtained with receivers 
costing considerably more than this one. Capture ratio mea- 
sured 2.2 dB, while AM suppression exceeded published 
specifications, measuring 53 dB. Stereo sensitivity was 7.0 
microvolts, although automatic switching to the stereo 
mode took place at signal strengths of just over 2.0 µV -the 
same signal level required to overcome muting when that 
circuit was actuated. Harmonic distortion at mid -fre- 
quencies was considerably better than claimed, with read- 
ings of 0.22% in mono and 0.27% in stereo. Quieting and 
distortion characteristics in mono and stereo are plotted in 
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the graphs of Fig. 3. Aside from the stereo quieting charac- 
teristics (it took 45 µV of signal input to reach the 50 dB qui- 
eting point in this mode), the measured performance char- 
acteristics of the FM section of this receiver are quite sur- 
prising when one examines the relatively simple circuitry 
used in this section. JVC has managed to extract really ex- 
cellent performance with a minimum of circuit complexity 
here. Considering the fact that the MPX section is a modern, 
phase -lock -loop IC with no tuned circuits to align, we 
would have expected a bit better overall separation figures 
than we measured in stereo FM, particularly at the high fre- 
quency end where separation decreased to 28 dB at 10 kHz, 
but this is more of an engineering point than one which 
would truly adversely affect audible results, since mid -band 
separation is over 40 dB and, more important, distortion 
over the entire audio spectrum is quite low (under 0.3% at 
10 kHz in mono, 1.0% at the same frequency in stereo) as 

shown in Fig. 4. 

Amplifier Measurements 
JVC elected to give two complete power ratings for the 

amplifier section of this receiver, both in strict conformance 
with the new FTC audio power rule. The 13 -watt -per -chan- 
nel figure applies to the full audio spectrum, whereas the 
15 -watt -per -channel rating applies if you are willing to settle 
for a power band of from 40 Hz to 20 kHz. Equivalent ratings 
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Noise 
vs signal 
Noise is usually defined as 
an unwanted disturbance of 
some sort. In a tape recorder, 
noise does not occur at the 
same volume level across the 
entire frequency spectrum. 
Low frequency hum is 
generally louder than high 
frequency hiss, but the human 
ear does not perceive noise 
in that relationship. 

The sensitivity of the ear 
is not uniform with frequency, 
a situation expressed 
graphically in the well known 
Fletcher -Munson curves. 
Since the ear is most sensitive 
to sounds in the range from 
1 kHz to 4 kHz, low frequencies 
(hum) must be substantially 
louder than high frequencies 
(hiss) for the same apparent 
loudness. 
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What is weighted 
noise? 
Weighting curves simulate 
the non -linearity of human 
hearing (Fig. 2). When they 
are used as filters in signal-to- 
noise measurements, they make 
the resultant specifications 
more credible and meaningful. 
Comparisons based on 
weighted noise figures are 
therefore more valid. 
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Using the previous 

A-2300 SD. We took some- 
thing already quite good, 
and made it better. 

The 
advantages 

FIGURE 2 of integral 
Dolby. 

With an external Dolby 
unit, irregularities in a 
tape recorder's frequency 
response characteristics will 
be magnified during the 
signal processing, generally 
by a factor of two. When the 
Dolby circuits are an integral 
part of the recorder, however, 
the record and playback 
electronics can be optimized 
for the encode/decode 

processing. In addition, 
with integral Dolby you 
don't have to pay for an 
extra power supply, 
cabinetry and the like. 
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FIGURE 

example of recorders A 

RECORDER 8 

3 5 100 2 3 5 IS 

You can see from Fig. 1 that 
recorder A has more hiss than 
B, yet the unweighted signal- 
to-noise ratio would be the 
same for both machines 
(61 dB). Obviously this 
method of specifying noise 
characteristics is inadequate 
and misleading. It gives no 
indication at all as to the kind 
of noise measured. Hiss is 
more annoying than hum 
because it is more apparent 
at the same relative level. 

0E 

and B, we now send the 
overall noise through the 
weighting filter and then 

FIGURE 1 measure the remaining 
noise. You can see from 
Fig. 3 that recorder A 
measures 62 dB, while 
recorder B measures 65 dB 
referenced to 3% distortion. 
Now this comparison more 
accurately corresponds to 
what the listener actually 
hears and the subjective 
annoyance of the noise. 

Why add Dolby? 
Because you can gain an 
additional 9-10 dB reduction 
in noise with the B -type 
Dolby system. And that works 
out to be 74 dB on the 

Some popular 
misconceptions. 

DOLBY FM DOLBY NR 

There's no doubt that Dolby is 
an effective means of reducing 
noise, however the system will 
not eliminate any noise present 
on the original signal source. 
That noise would go through 
the encode/decode processing 
along with the signal. 



Then there's the feeling 
that Dolby reduces high end 
response in the process of 
reducing hiss. Highs are 
reduced during decoding, 
but in exact proportion to the 
extent they were boosted 
during encoding - back to the 
level they were on the 
original music. Finally, since 
the Dolby system is level 
sensitive - low level signals 
are affected more severely 
than high level signals - it 
should be emphasized that 
very high level signals are 
virtually unaffected by Dolby. 

Complete Dolby 
flexibility. 
The Dolby/FM switch 
activates the new 25 micro- 
second de -emphasis curve for 
decoding Dolbyized broadcast 
material. In addition, there's 
an FM copy switch on the 
back of the unit so you can 
record the broadcast encoded 
while monitoring the program 
decoded for a more accurate 
listening reference. With the 
A-2300 SD you can decode 
any external Dolby source. 
And the external calibration 
controls, including a built-in 
tone generator, help you 
derive optimum benefits of 
the Dolby system through 
accurate level settings. 

(( 

Tape it. 
There's a unique satisfaction 
to be had in personally 
selecting and sequencing your 
own source material. Enjoy 
tapes that exactly satisfy 
your particular musical 
tastes, your changing moods. 
The tapes you make will 
bear the imprint of your 
individuality. They will 
become the expression of 
your personal artistic 
perceptions. And if you truly 
enjoy listening to music, the 
qualitative difference that the 
A-2300 SD makes can offer 
you years of rewarding and 
enjoyable musical 
experiences. 

We've been 
making 
3 -motor, 
3 -head tape 
recorders for 
over 20 years. 
Continually 
refining and 
perfecting the 
fundamentals. 
Consistently 
providing the 
features and 
functions that 
best fit your 
recording 
needs. There's 
a certain pride 
here. A repu- 
tation for 
quality and reliability 
can not be proclaimed. It 
must be earned. 

Dolby is a trademark of Dolby Laboratory Inc. ©TEAC 1975 

- 
A lot of the information in 
this ad was excerpted from 
The White Paper. If you're 
interested in tape recording 
in general, and TEAC 
products in particular, be sure 
to get your free copy. You can 
do that by writing us. To 
audition the A-2300 SD and 
hear the audible improve- 
ment it makes, just call 
(800) 477-4700* to find the 
name of your nearest TEAC 
retailer. We'll pay for the call. 

*In Illinois, call (800) 322-4400 

A-2300SD 

T E AC® 
The leader. Always has been. 
TEAC CORPORATION OF AMERICA 
7733 Telegraph Road, Montebello, Calif. 90640 



for bridged two -channel operation, as stated by the maker, 
are 30 and 32 watts per channel, respectively, all at 8 ohms. 
Note, that in the bridged mode, the use of 4 -ohm speakers 
is not recommended, nor specified by the manufacturer. 
Based on our measurements, all the stated ratings are a bit 
on the conservative side. We measured 18.0 watts for 1.0% 
THD at mid frequencies in 4 -channel operation, as shown in 
Fig. 5. IM distortion, also plotted in this graph, reached its 
rated value of 1.0% at an output of 18.4 watts per channel. 
Surprisingly, power ratings were limited at the high -fre- 
quency end rather than at 20 Hz, where one normally runs 
into the higher distortion as one approaches maximum 
power output. In the case of the 4VR-5426, distortion re- 
mained low (0.1%) for 13 watts per channel output at 20 Hz, 
but tended to rise at the high end for the same output, as 

shown in the graphs of Fig. 6. Nevertheless, for a 1.0% THD 
rating, we would have rated the receiver at a full 15 -watts 
per channel, rather than 13 watts. In the case of bridged 
2 -channel operation, we measured 35 -watts per channel at 
mid -frequencies, but did not plot distortion at other fre- 
quencies, since it has been our experience that curves 
would have been similar to those obtained in 4 -channel op- 
eration (but at proportionately higher output power). 
Damping factor, measured in the 4 -channel mode, was 32 
for 8 ohm loads, while residual amplifier noise (basic ampli- 
fier only) measured 87 dB below full output. 
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Fig. 7-Tone control range and loudness characteristics. 

Preamplifier Measurements 
Phono input sensitivity exceeded claims, with a bit over 

1.0 mV of signal required at 1 kHz to drive the system to 
rated output. However, overload capability was rather low, 
with only 31 mV of input signal (again, 1 kHz) required to 
create distortion in the preamp stage. Users of this receiver 
are cautioned not to use high -output phono cartridges with 
it, since such use may limit dynamic range. Since most 
people who purchase this receiver will undoubtedly be buy- 
ing a CD -4 cartridge, this problem is not particularly serious, 
as these cartridges tend to produce somewhat lower output 
than equivalent stereo cartridges. 

Hum and noise in phono (unweighted) was -60 dB as op- 
posed to the -65 dB claimed by the manufacturer, but this 
proved to be quite low enough in our subsequent listening 
tests. While there are no high -cut or low-cut filters in this 
receiver, the tone controls operated much as expected, and 
the tone control ranges are graphed in Fig. 7. Also shown in 
this graph is the action of the loudness control when set at 
-30 dB below full volume. JVC chose to emphasize highs 
as well as lows in their loudness circuit, and in our opinion, 
too much emphasis was added at the high end. Many ex- 
perts contend that no treble boost should be introduced by 
a loudness circuit or that, at most, it should be just a few dB 
at 10 kHz. Hum and noise in the high-level positions of the 
selector switch measured 78 dB below full output. 

Listening and Use Tests 
Comparing CD -4 reproduction with either SQ or QS disc 

playback on this receiver is really a bit unfair, since the CD -4 
discs offer noticeably greater 4 -channel effects than can be 
had with these basic matrix circuits. With the limited separa- 
tion afforded by the two matrix decode positions, listener 
positioning becomes fairly important and you should try to 
set up your speakers so that you are located fairly centrally 
between them. This receiver definitely favors the CD -4 
records, however. 

As expected, FM reception was amazingly good, consid- 
ering price and circuitry. There is, unfortunately, no way to 
switch to mono FM when noisy stereo signals are received 
and, in view of the fact that automatic switching occurs at 
very low signal strength, we had to pass up certain stereo 
stations that were just too noisy in stereo though they might 
have been acceptable in mono. 

In the 4 -channel listening mode (the only one we used in 
our listening tests), it's important to use speakers of relative- 
ly high efficiency with this receiver, since 13 watts per chan- 
nel (or 15 watts, if you accept our modified rating) is not re- 
ally enough power to drive acoustic -suspension or other 
fairly low -efficiency speaker types. With the ported, high - 
efficiency systems we used in our listening tests, the 4VR- 
5426X delivered enough clean power to satisfy most listen- 
ing needs in average -to -small sized listening rooms. When 
you consider its overall performance, its 2 -channel "starter" 
capability, at more than double the per -channel power and 
its measured and audible performance, this receiver is cer- 
tainly the answer for those who want four -channel sound 
but can't yet afford the price of those ultra -sophisticated, 
super -matrix with logic plus CD -4, higher -powered units 
which can cost more than an entire system (including speak- 
ers, turntable and cartridge) incorporating the 4VR-5426X. 
If, later on, you want the ultimate of matrix -decoding cir- 
cuits, you can always add a more elegant, separate, matrix 
decoder and still come up with a good working 4 -channel 
system at unusually low cost. Leonard Feldman 

Check No. 70 on Reader Service Card 

Wollensak 8080 8 -Track Cartridge Recorder MANUFACTURER'S SPECIFICATIONS 
Speed: 33/4 ips. Wow and Flutter: 0.1% wtd. rms. Tape Shut- 
off: Manual or automatic. Input Sensitivity: AUX, 80 mV; 
Mike, 0.25 mV. Output: 1 Vat 0 VU. Distortion: Less than 1% 
at 0 VU. Frequency Response: 30 Hz to 15 kHz with Scotch 
Classic; 30 Hz to 12 kHz with standard tape. Signal -to -Noise 
Ratio: Better than 50 dB without Dolby; better than 60 dB 
with Dolby. Dimensions: 19 in. W. x 101/4 in. D. x 5 in. H. 
Weight: 17 lbs. Price: $344.95. 

Tape recording enthusiasts who associate 8 -track mach- 
ines with automobiles and $99 compacts should take a close 
look at the new generation of 8 -track units designed for top- 
quality performance. As they did with cassette machines, 
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The Dual 701. 
Some extraordinary test reports about an extraordinary turntable. 

Test reports of the Dual 701, in magazines like 
this one, have been totally unlike those of any other 
component. Not just because the reports are 
favorable; none of these magazines wastes anyone's 

time reviewing 
run-of-the-mill 
products; there 
are too many good 
ones available. 
The reports are 
different because 
of two themes that 
run through them. 

One theme 
acknowledges 
that the 701's 

The 701's 
all -electronic, direct - 

drive, brushless, DC motor has 
Hall -effect feedback control and is 

energized by a regulated power supply. 

performance is actually superior to the measuring 
capability of available test instruments. For example, 
Hirsch -Houck Labs in Stereo Review found the wow 
level of the 701 "essentially at the residual level of 
our test record-about 0.03 per cent:' So did 
Popular Electronics. 

The Feldman Lab Report in FM Guide stated: 
"We could detect no flutter whatsoever, and the 
low readings that we did get for wow were no doubt 
the result of using a record which was not absolutely 
concentric:' 

Stereo & HiFi Times found "arm friction was 
lower than my capability to measure reliably:' 

The second theme throughout the reports 
is the unequivocal ranking of the 701 at the 
pinnacle of perfection in record playback. In the 
following quotes, note the absence of such familiar 
qualifiers as "one of the" or "among the:' 

Stereo Review: "... technical performance 
characteristics surpass to a greater or lesser degree 
those of any other integrated record player we 
have tested:' 

FM Guide: "The Dual 701 is probably the 
smoothest acting, most rumble -free system we have 
ever tested:' 

Popular Electronics: "In almost every 
respect, the Dual 701 surpassed just about every 
other record player-manual or automatic-that 
we have tested:' 

High Fidelity: ':..the Dual 701 has placed 
itself in the select group of products against which 
we must measure the performance of others!' 

And, the highly conservative English 
publication, HiFi News & Record.Review, with 
typical British understatement commented: "The 
experience of listening to records of the 
highest quality on this turntable is not likely to 
be forgotten ...you will never again be satisfied 
with anything less perfect:' 

If you wish to experience the same caliber of 
performance as these highly experienced and most 
critical of all audio experts, you need only visit your 
nearest United Audio dealer and ask for the quietest 
turntable ever made. You are in for an 
extraordinary experience-with this fully 
automatic, single -play, electronic, 
direct -drive turntable. $400, including 
base and dust cover. 

The 701's unique counterbalance houses two 
separate anti -resonance filters which absorb 

resonant energy in the frequency ranges of the 
tonearm/cartridge system and the chassis. 

Dual 

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

Check No 38 on Reader Service Card 



Wollensak is showing the way with innovations and im- 
provements in these machines. Introduced last year, the 
Model 8080 has a frequency response which extends to over 
16 kHz and exhibits an excellent signal-to-noise ratio and 
low distortion. This new standard of performance can par- 
tially be explained by the fact that the machine was de- 
signed for use with the new Scotch Classic cartridge tape, 
which has better high frequency response than earlier for- 
mulations. However, there are real improvements in the 
machine itself, as we shall see from the results obtained with 
Scotch HO/LN tape. 

Styling is neat and workmanlike, with a black and satin 
finish on the front panel. The cartridge compartment is on 
the left, and under this door are five indicator lights, one for 
Record and one for each of the four tracks. The track Select 
switch is on the extreme left, along with two other lever 
switches for Fast Wind and Eject. Next in line come the two 
VU meters, located in recessed panels, slide controls for re- 
cording levels, and two miniature microphone sockets. 
Then come two groups of three lever switches for the fol- 
lowing functions, 2-chan./4-chan. select, Regular/Special 
Tape select, Dolby select, Auto Eject On/Off, Repeat Pro- 
gram All/One select, and FM Listen On/Off. Just beneath 
the last three is a headphone socket which takes a standard 
stereo plug. Input and output sockets, shown in Fig. 1, are at 
the rear, together with the Dolby calibration controls, and a 

Fig. 1-View of back panel. 

Fig. 2-Interior view. 
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Fig. 3-Playback response from a standard test tape. 

spare a.c. outlet. The FM Listen switch enables the Dolby de- 
coder section to be used independently of the rest of the 
unit so that you can decode a Dolby FM broadcast and feed 
the signal to the rest of your sound system. Flipping the FM 
listen switch turns the unit on without having to insert a 

cartridge. The Dolby switch has three positions, FM De- 
code, Record/Play, and Off. In the first position, the deco- 
der is in circuit for listening to or recording Dolby broad- 
casts. In the Record/Play position, Dolby encoding is in cir- 
cuit for recording and decoding for playback. The Off posi- 
tion switches the Dolby section out completely. 

The tape select switch has two positions, one for regular 
tapes such as Scotch HO/LN, and a Special position for 
Scotch Classic tape. This second position changes the equal- 
ization of the 8080 so that the characteristics of the Classic 
tape are more closely matched. It operates only in Record 
mode and doesn't affect playback. 

The Auto Eject switch works in conjunction with the Re- 
peat switch. In the record mode with the Auto Eject switch 
on and the Repeat at One, the cartridge will record the 
selected track and then eject. With the Repeat switch in the 
All position, tracks 1 through 4 will be recorded on the cart- 
ridge, which will then be ejected. With the exception of the 
Pause control which also functions as a Stop switch, the 
other controls call for no particular comment. 

Measurements 
Figure 3 shows the playback response from a standard test 

tape, which is now obviously outdated because of the new 
standards of performance achieved by Wollensak. This high 
level of performance is underlined by the results obtained 
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Fig. 4-Record-play response with Scotch Classic. 
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Fig. 5-Record-play response with Scotch High Output, Low 
Noise tape. 
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The new Sansui LM 
Loudspeakersse 

Convention 
on its ears. 

LM 330 
CUT -A -WAY 

At the Convention of the Audio Engineering Society 
in Los Angeles last May, Sansui demonstrated a new 
concept in loudspeaker design. 

The reception from these experts-chief engineers 
of radio and TV stations, record producers, recording 

engineers and sales executives of audio companies-was 
even more sensational than we ourselves expected. 

And these are the reasons: 
Unlike conventional speakers, the LM design incor- 

porates a multi -radiational tweeter device. High frequencies 
instead of being lost through encapsulation, are diverted through 

three special exponential horns and recovered into sound energy that 
adds a breathtaking sense of ambience, and realism. The LM speakers also display 
extremely stable and well-defined stereo images. At the same 

time, both the transient response and efficiency of the system are 
greatly increased. An extra large woofer assembly gives exceptionally 
strong bass response ordinarily available only in much larger 
and more expensive speakers. 

Hear any of the 3 models available 
at your nearest Sansui franchised 

) dealer. You never heard music so 
alive before. 

Multi -radiational 
tweeter 

SANSUI ELECTRONICS CORP. 
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. 

LM 330 

LM 220 e..__ ., _. 
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