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PIONEER 
HAS DEVELOPED «; 
A RECEIVER EVEN 

MARANTZ, KENWOOD AND 
SANSUI WILL HAVE TO 

ADMIT IS THE BEST. 



OU.S. PIONEER ELECTRONICS CORP., 1976. 



with. 
the 
best: 

First compare °fouls 
to the Stax UA -7M4 

Polymer damped 
Jeweler bearings-no 
knife edges to chatter 
or uni -pivots to flop 

Gold -flashed contacts, 
leads, pins and cab -es. 

Interchangeable head - 
shells of resonance-f-ee cast 
aluminum. 

Patented anti -skate system 
which modifies with respect to 
arm position on -ece d. 

Bearing frictian and teMo- 

nance figures that sate the art 
form 

then-find out an arm is listen - 
able? 

/Only $183 from franchised 
American Audiorort dealers. 
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Blueprint for 
Flat Frequency Response 

In the graph below, frequency response was measured using the CBS 100 Test Record, which sweeps from 20-20.000 Hz. The vertical 

tracking force was set at one gram. Nominal system capacitance was calibrated to he 300 picofarads and the standard 47K ohm resistance was 

maintained throughout testing. The upper curves represent the frequency response of the right (red) and left (green) channels. The distance 

between the upper and lower curves represents separation between the charnels in decibels. The inset oscilloscope photo exhibits the 

cartridge's response to o recorded 1000 Hz square wave indicating its resonant and transient response. 

Smooth, flat response from 
20-20,000 Hz is the most 
distinct advantage of Empire's 5` 

new stereo cartridge, 
the 2000Z. - 

The extreme accuracy of ° zo 

its reproduction allows you 
the luxury of fine-tuning 
your audio system 
exactly the way you kHz nhir 

Frepuency In Hi (Cyder per secorw) 

want it. With the 2000Z, 
you can exaggerate highs, 
accentuate lows or 
leave it flat. You can 
make your own`/r 
adjustments without 
being tied to the dips and 
peaks characteristic of most 
other cartridges. 

Fora great many people, D 
this alone is reason for ..-' \, 

eas 
owning the Z. However, we 
engineered this cartridge to give you more. 
And it does. Tight channel balance, wide sepa- 
ration, low tracking force and excellent tracking 1. \/. 
ability combine to give you total performance. ,, 

See for yourself in the specifications below, 
then go to your audio dealer far a demonstration you ![ 
won't soon forget. 

The Empire 2000Z. 
Already your system sounds better. 

Frequency Response- 20 to 20K Hz ± 1 db using CBS 100 test record 

Recommended Tracking Force -3/4 to 1' /4 grams 
(specification given using 1 gram VTF) 

Separation -20 db 20 Hz to 500 Hz 
30db 500 Hzto15KHz 
25 db 15K Hz to 20K Hz 

I.M. Distortion- (RCA 12-5-105) less than 08% .2K Hz to20KHz10 3.54 cm/sec 
Stylus -0 2 x 0 7 mil diamond 
Effective Tip Mass -0.2 mg. 

Compliance-lateral 30X10-6 cm/dyne 
vertical 30X10-6 cm/dyne 

Tracking Ability -0.9 grams for 38 cm per sec (a 1000 Hz 
0.8 grams for 30 cm per sec lu 400 Hz 

Channel Balance-within 3/4 db is 1 kHz 
Tracking Angle- 20° 
Recommended Load -47 K Ohms 
Nominal Total System Capacitance required 300 pF 

Output - 3mv 0 3 5 cm per sec using CBS 100 test record 
D.C. Resistance- 1100 Ohms 
Inductance -675 mH 
Number and Type of Poles- 16 Laminations in a 4 pole configuration 
Number of Coils- 4(1 pair/channel -hum cancelling) 
Number of Magnets -3 positioned to eliminate microphonics 
Type of Cartridge- Fully shielded, moving iron 

Check No. 11 on Reader Service Card 



Audioclinic 

Noisy Antenna Rotator 
Q. 1 use an FM -band antenna, with 

shielded 300 -ohm cable and drain 
wire, together with a rotator which is 
noisy only when rotating. The noise is 
present during rotation whether or 
not the drain wire is connected to the 
tuner. The shielded lead-in is new 
cable and never touches the boom, 
mast or other metal on its way down 
to the tuner. It never contacts the line 
feeding power to the rotator. 

Somehow, leakage from the motor 
must be getting to the tuner's antenna 
input via the shielded lead-in. I 

thought at first it might possibly be 
coming from the rotator control box 
in the house, but I moved this unit 
into another room with no change in 
the noise level. I have also tried bring- 
ing the lead-in drain wire to a cold 
water pipe with no luck. 

What do you think is the cause of 
my problem and do you have any 
ideas about how I can eliminate the 
noise?-Stanley L. Alekman, Newark, 
Del. 

A. I think that the rotator produces 
the noise and more specifically that 
the noise is produced by the system 
which indicates the direction in which 
the antenna is aimed. I cannot tell 
whether this noise is an inherent 
property of your particular rotator, 
but this may be the case. 

Perhaps, if the sensing element of 
the rotator is a pot, the pot may need 
cleaning. To do this, the rotator must 
be taken down and carefully opened. 
Service notes from the maker will be 
helpful here. 

Another source of noise from such 
a motor or control unit is arcing, 
which can be radiated by the motor 
and therefore be picked up directly 
by the FM antenna. The cable feeding 
power to the rotator can also act as a 

radiating antenna, giving the noise a 

better chance to interfere. Hence, 
even if your lead-in cable is well 
shielded and is grounded both to the 
mast and the tuner chassis, noise will 
be picked up. 

Try placing 0.1 pf ceramic disc ca- 
pacitors between each of the rotator 
terminals and the common terminal. 

Joseph Giovanelli 

(Do NOT use electrolytic types.) If 
your rotator has only three con- 
nections, use two capacitors; if it has 
four connections, use three capaci- 
tors, etc. 

If it happens that you listen to just 
one station, and if this station has re- 
cently begun SCA broadcasts, your 
tuner may not handle this situation 
well. Even if your tuner is equipped 
with the appropriate rejection cir- 
cuits, they may be misaligned. While 
you are checking alignment, check 
detector and MX circuit alignment. 

Stereo Interference with 
Cable Reception 

Q. My year -old tuner is connected 
to cable TV. I get a high-pitched tone 
when my tuner is in the stereo mode. 
The filter helps a little, but the sound 
is still bad. Reception was fine before I 
got cable TV. What is wrong? What 
can 1 do?-Charles David, Ft. Wayne, 
Ind. 

A. If your FM reception deterio- 
rated immediately upon installing the 
cable, I would have to think that your 
stereo interference is caused by the 
reception of "direct" signals at the 
same time that you are receiving sig- 
nals from the "cable." I suggest that 
your cable company should improve 
the shielding of any transformers, 
adaptors, etc., which may be involved 
with your particular installation. Un- 
fortunately, there are some tuners 
which are, themselves, not well 
shielded. In the presence of only 
moderately strong signals, they might 
pick up some signal, even when there 
is no antenna connected to their in- 
put terminals. If your tuner is one of 
these, then there is probably little that 
can be done to eliminate the prob- 
lem, assuming that "direct" pickup is 

the root of the problem. 
If you made some modification to 

the original installation, such as run- 
ning extension line from the cable in- 
stallation point into another room, 
perhaps this is giving rise to the prob- 
lem. Often such extensions are made 
with 300 -Ohm twin -lead. It is best to 
have your cable company make the 

installation properly. (This assumes 
that the company does put the FM 
signals on the line.) 

If you wish to check to see if this di- 
rect pickup is really what is taking 
place, disconnect the tuner from the 
cable and connect it to a regular an- 
tenna, which may be an indoor diple 
for this application. Determine 
whether the stereo is still plauged by 
the high-pitched whistle. If it is, 
chances are that there is something 
within the tuner. 

Steps in Tone Controls 
Q. I own an integrated amplifier 

having twin tone controls for both 
bass and treble which move in 
stepped increments of ±2 dB. Since 
the human ear can only detect a 
change of volume of 3 dB or greater, 
why are more and more manu- 
facturers coming out with this type of 
system?-Gregory E. Gill, Fort Wayne, 
Ind. 

A. Actually, the human ear can or- 
dinarily hear volume changes of 
about 1 dB and under special condi- 
tions can detect changes of as little as 
0.25 dB. However, the 2 -dB increment 
is not all that large, so that it repre- 
sents a good compromise between 
what is barely noticeable and large 
steps where the transition is jerky 
when the control is moved. 

An additional factor here is the cost 
of the various systems. If the steps 
were made closer together, perhaps 1 

dB, the extra cost of added com- 
ponents and wiring would be much 
greater, significantly adding to the fi- 
nal price of the unit without adding 
the same relative amount of perform- 
ance. On the other hand, if the steps 
are made further apart, a less costly 
tone control system could be built, 
but the audible results would be more 
unpleasant when the controls were 
adjusted. 

If you have a problem or question on audio, write 
to Mr. Joseph Giovanelli, at AUDIO, 401 North 
Broad Street, Philadelphia, Pa. 19108. All letters 
are answered. Please enclose a stamped, self- 
addressed envelope. 
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AU +TU VALU 
The great Sansui equation 

For those who want and can appreciate superior 
high fidelity, here are three great values. These inte- 
grated amplifiers and tuners are both matched and 
designed to give you incrediby clean tonal quality, 
versatility, and performance. 

The AU -5500 integrated amplifier with 32 watts 
per channel, min. RMS, both channels driven into 8 ohms 
from 20 Hz to 20kHz, has no more than 0.15% total 
harmonic distortion. Features triple tone controls with a 
middle frequency control to add pleasure to your music; 

TU4400 
AÚ4400 
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high and low cut off filters; 7 position tape play/dubbing 
switch for creative recording versatility. The AU -5500 is 

matched with the TU -5500 tuner, with a 1.9µV sensitivity 
and a selectivity of better than 60 dB. 

The AU -7700 integrated amplifier offers a power 
output of 55 watts per channel, min. RMS, both channels 
driven into 8 ohms, from 20Hz to 20kHz and no more 
than 0.1% total harmonic distortion. Features a 7 -position 
tape play/dubbing switch for creative recording 
versatility; selectable phono input impedance. It is 

matched with the TU -7700 tuner, featuring a 1.8µV 
sensitivity for picking up even the weakest signals. 

Selectivity of better than 80 dB. 
Sansui also offers an AU -4400 integrated 

amplifier and TU -4400 tuner which display the same 
Sansui high quality performance and many of the 
same features as the other pairs in this series of 
separates. 

If you should not be as yet a devotee of 
separate components, any of these pairs is sure to 
make you one. Stop in soon at your nearest Sansui 
franchised dealer to select any of the three 
combinations for musical enjoyment you will value for 
many years to come. 

TU5500 TU7700 
AU5500 AU7700 

SANSUI ELECTRONICS CORP. 
Woodside, New York 11377 Gardena, California 90247 
SANSUI ELECTRIC CO., LTD., Tokyo, Japan SANSUI AUDIO EUROPE S.A., Antwerp, Belgium 
In Canada: Electronic Distributors 

Check No. 32 on Reader Service Card 



THE FIRST! 
PREAMP BY BGW 

THE BGW 202 HAS- 
Dual discrete OP amp phono stage 
for unprecedented accuracy 
Active tone controls using sliding 
step switches 
Active 18-dB/OCT. High and low pass 
filters 
Two phono inputs plus accessory 
socket for moving coil pre-preamp 
converte, 
Separate power amp switching 

Remote AC switching unit accessory 
available 

Guaranteed specifications: 
Phono stage: Gain=42-dB, ±.25 -dB of 
RIAA, S/N=82-dB,THD=.01%. 
Tone controls: Active baxandall con- 
trols add virtually no distortion. ±18 -dB 
at 50 -Hz and 15 -kHz in 3 -dB steps. 
High and low pass filters: Active 3 -pole, 
18-dB/OCT. Low frequency at 40 -Hz, 
high frequency at 12 -kHz. 
Maximum output voltage: At line out- 
put, 8 -volts RMS into 600 -ohms (+20- 
dBm). Phono at tape output, 10 -volts 
RMS into 5-kohms. Rated output, 
4 -volts RMS into 5-kohms. 
Total harmonic distortion: Less than 
.01% at rated output, 20 -Hz -20 -kHz. 

Write for the location of your nearest 
dealer. 

SYSTEMS 

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

Tape Guide 
J 

Herman Burstein 

Reel Warp 
Q. All of the plastic tape reels l've 

ever used on my TEAC 6010 tape deck 
tend to warp, and the result is that the 
tape rubs against the reel. This rub- 
bing sound can be extremely an- 
noying, especially when listening to 
classical or background music at low 
levels. l've tried using two different 
types of metal reels, both of which 
proved unsatisfactory when the deck 
was used in fast forward or rewind 
modes. It appears that the wider metal 
reels cause the tape to bunch up in a 
zig -zag fashion, which results in 
frayed tape edges. Do you have any 
recommendations?-Robert C. Ar- 
mstrong, APO San Francisco, Calif. 

A. Aside from trying more of the 
wide variety of plastic reels on the 
market, you can very likely solve your 
warp difficulties by storing your tapes 
differently. However, from your men- 
tion of what's happening with the 
metal reels, it appears that the tape 
guides may be out of alignment with 
the turntable on which the reel sits or 
that the turntable may not be parallel 
with the line of tape motion. The rub- 
bing of the tape edge causes a squeal 
in the case of the plastic reels, while 
with the metal reels, this friction dur- 
ing high-speed tape. transport simply 
results in frayed tape edges instead of 
the rubbing noise. 

Use of Head Demagnetizer 
Q. I notice in the manual for my 

TEAC 6010 tape deck that there is a 

cautionary note concerning possible 
damage to the VU meters from a head 
demagnetizer. Therefore, I am re- 
luctant to use a bulk eraser, as has 
sometimes been recommended. The 
meters are approximately four inches 
from the head cover. How close can I 

get to the meters with a hand-held 
bulk eraser?-Floyd Rominsky, Glen 
Ridge, N.J. 

A. I would strongly repeat the ad- 
vice given in the TEAC manual about 

keeping bulk erasers a good distance 
from the meters because the strong 
field of the eraser might dislocate the 
windings in the meter. It might even 
do so in the case of a tape head, de- 
pending on construction of the head, 
though I believe there should be no 
problem in your case. My best guess is 

that six inches is about right, but I 

strongly suggest that you consult 
TEAC on this. 

Causes of Print -Through 
Q. I would like to find out about 

print -through. I have a large collec- 
tion of tapes 1 recorded, some of 
which are as much as 10 years old. 
Only on one of these have I ever en- 
countered a problem with print - 
through. Yet recently 1 made a 
recording on a 1 -mil tape at 7 1 ips 
in stereo, and when I played it back 24 
hours later, 1 was dismayed to discov- 
er almost continuous background 
"music." I thought that print -through 
was a phenomenon of aging, particu- 
larly with thinner, cheaper tapes. The 
brand of tape 1 used is not particularly 
expensive, but has been reliable, and 
this individual tape had not bee pre- 
viously recorded and erased. Would 
you please explain what causes print- 
through?-Barbara Foerster, Chicago, 
III. 

A. Print -through increases with lev- 
el of signal recorded on the tape, ox- 
ide formulation of the tape, thinner 
tapes, and time. In your case, the most 
likely cause appears to have been the 
thinness of the tape and quite possibly 
the signal level and formulation as 
well. Since the onset of print -through 
is shortly after the recording is made, 
if and when it is going to occur, your 
experiencing of print -through just a 

day later is usual. 

If you have a problem or question on tape recor- 
ding, write to Mr. Herman Burstein at AUDIO, 401 
North Broad Street, Philadelphia, Pa. 19108. All 
letters are answered. Please enclose a stamped, 
self-addressed envelope. 

Circle No. 4 on Reader Service Card 6 AUDIO APRIL, 1976 



BASF sound is so clear, it's like the 
musicians are right there. 

What you experience with BASF tape is 

simply this: the music. Pure and clear. 
Why this extraordinary clarity? BASF 

polishes the tape. Literally. Getting rid of most 
of the thousands of tiny surface bumps that can 
cause background noise. (Get rid of most of 

them, you get rid of most of the noise.) 
So what you're left with is sound so rich 

and clear, you don't just hear it. The music 
happens. 

Which really isn't that surprising. After all, 

BASF invented audio tape in the first place. 

BASFWe 

sound like the original 
because we are the original. 
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A-7300. 
Just because 
we don't call it professional 
doesn't mean it couldn't be. 

We make professional recorders 
and we're in a position to know 
precisely what is meant by the word 
"professional: So we don't use it 
casually or carelessly in describing 
our tape recorders. 

On the other hand, the A-7300 is far 
better than the typical high fidelity 
component. In fact there are certainly 
some professional features on the 
A-7300, like a servo controlled direct 
drive capstan system, full IC logic 
transport controls, four balanced mic 
inputs with XL -type connectors, and 
a flip -up hinged head cover for easy 
maintenance and editing. 

Then, keeping in mind the serious 
home recordist, we added a constant 

speed wind control for even tape 
packs ... a pitch control for fine-tune 
speed adjustments ... a 3 -position pinch 
roller setting for cueing and eliminating 
tape bounce ... and a zero VU click 
stop on the output level control. 

Yet we don't label the A-7300 
professional. 

Then what about those 
tape recorders that cost much less and 
are called "professional"? 

They're only kidding. 
In the final analysis, though, it isn't 

what it's called, but what it does that 
counts. You'll have to determine for 
yourself whether or not the A-7300 
meets your specific needs, and you can 
do that only by examining and 
operating it for yourself. 

You'll find that our retailers are well 
informed and helpful in general. Rare 
qualities, so there can't be many of 
them. You can find the one nearest you 
by calling (800) 447-4700* 
We'll pay for the call. 

* In Illinois, call (800) 322-4400. 

TEAC® 
The leader. Always has been. 
TEAC Corporation of America. 7733 Telegraph Road, Montebello, California 904340. 



What's New in Audio 
J 

Spectro Acoustics Equallizer 

Providing 10 bands per channel of 
equalization, Model 210 graphic 
equalizer allows 15 dB boost or cut in 
each of the 10 channels. Distortion is 

less than 0.1 per cent up to 1 V rms 
output at 20 Hz to 20 kHz with any 
combination of equalization adjust- 
ments. Distortion with equalizer by- 
passed or set flat is less than 0.05 per 
cent up to 1 V. S/N ratio is greater 
than 90 dB below 2 V rms. Output im- 
pedance is less than 600 Ohms, and 
the dynamic range for noise floor is 

over 100 dB below full output. Model 
210 has a transferable five-year parts 
and labor warranty. Price, $275.00. 

Check No. 81 on Reader Service Card 

Stevenson Crossover 

Interface Electronics' Stevenson Mod- 
el X0312 is an electronic crossover ca- 
pable of keeping all outputs in phase 
at all frequencies, in addiction to pro- 
viding continuous variable crossover 
frequencies from about 100 Hz to 1000 
Hz and 1000 Hz to 14,000 Hz. Dis- 
tortion is spec'd at less than 0.1 per 
cent, signal-to-noise ratio at better 
than 80 dB, with high -and low-pass fil- 
ters in each crossover permanently 
crossed at 3 dB down. A state -variable 
filter provides a 12 dB per octave But- 
terworth response. The sum signal is 

flat ±1 dB from 20 to 20,000 Hz. Model 
X0312 has balanced 600 Ohm trans- 
former outputs that are individually 
adjustable to a maximum of 8 V. Volt- 
age gain is adjustable to a maximum 
of 2. 

Check No. 82 on Reader Service Card 

Revox Microphone 

Model 3500 unidirectional moving 
coil microphone has a wide, flat fre- 
quency range, high output with cardi- 
oid characteristics. The 3500 is 6.3 -in. 
L. x 0.945 -in. D., has a frequency re- 
sponse of 40-18,000 Hz, and an imped- 
ance of 600 Ohms. Price, $165.00. 

Check No. 83 on Reader Service Card 

Quad Amplifier 

Model 405 current dumping audio 
amplifier, from Acoustical Mfg., Eng- 
land, has a new circuit designed to 
drive modern low efficiency loud- 
speakers. The design uses an output 
stage in which the linearity of the 
main current carrying output transis- 
tors has no bearing on the overall am- 
plifier performance. Thus the need 
for biasing and allied problems associ- 
ated with crossover are eliminated. 
The 405 has an output of 100 watts per 
channel into 8 Ohms with total dis- 
tortion of less than 0.01 per cent at 
mid frequencies. In addition, the 
company claims that there are no 
changes in performance due to junc- 
tion temperature changes. Price, 
$410.00 

Check No. 84 on Reader Service Card 

Ace Audio Equalizer 

Model AE2002 equalizer has 5 bands 
per channel, each covering a range of 
2 octaves.'The unit is rated at 2 V out- 
put into a 10k load; maximum output 
is 8V rms. Distortion is specified as less 
than 0.05 per cent IM or 0.05 per cent 
harmonic. Hum and noise is -80 dB. 
Model AE2002 is available in both kit 
or factory -wired versions. Most of the 
kit is on three printed circuit boards. 
Kit price, $84.25; wired, $133.75. Con- 
struction manual, $2.25; schematic 
diagram, $1.00. 

Check No. 85 on Reader Service Card 

Marantz Cassette Deck 

Model 5420 is a top -loading cassette 
deck with master level control; 3 -po- 
sition tape bias/EQ with single knob 
selection for normal, chromium diox- 
ide, and ferrichrome tape; LED peak - 
level indicator, and d.c. servo -control 
motor. Model 5420 also has a built-in 
mixing panel, pan -pot capability, 3 t- 
in. VU meters with peak overload in- 
dicators, and Dolby noise reduction 
system. 

Check No. 86 on Reader Service Card 
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Pick -A -Pickering 

L 

Its the least expensive way 
to make the greatest improvement 

in the sound of your system 
Here it is. The easy and inexpensive way to upgrade 

the sound of your entire hi fi system. Simply add a Pickering 
cartridge. Know why a good cartridge will make such a 

difference in sound? Because the cartridge and stylus have first 
contact with the music on your record. It's your cartridge that 
picks up the highest highs and the lowest lows in your record 

grooves. Not by plodding along, round and round, but by 
performing an incredibly quick dance between the two small 
groove walls. Too quickly for your eye to see, but not for your 

ear to hear. No matter how much you sink into the rest of your 
equipment, a poor quality cartridge can murder the sound 

- bend the record grooves out of shape and blur the music. 

But not Pickering cartridges. They have a feathery 
touch we call 170cq . A touch that lightly covers the 
whole range of musical tones on your record - giving you the type 
of sound you want to hear. 
Upgrade your entire hi fi system the easy way, the inexpensive way. 
Just pick a Pickering cartridge, and you'll hear the difference. 
For further information write to 
Pickering & Co., Inc. Dept. A, 
101 Sunnyside Blvd., Plainview, 
New York 11803 

® PICKERING 
"for those who can hear the difference" 

Check No. 25 on Reader Service Card 



Dear Editor: 
J 

Ride -A -Rama!?! 
Dear sir: 

I have noticed lately in certain 
curious articles printed in your April 
issues, Professor I. Lirpa, whom these 
articles concern, usually discusses 
some radical ideas for sound repro- 
duction. In 1973 he conceived the 
idea of producing records to play the 
inside of the disc first and finishing at 
the outside (clever yes, but hardly 
new; some of my friends had their 
turntables playing in reverse for years, 
for reasons you wouldn't understand 
if you're usually "straight" or sober!). 

My present line of thought is on the 
subject of sound separation and isola- 
tion, which is part of the original "re- 
alism" formula for ultimate high fidel- 
ity in the home. 

Commercially speaking, there is no 
pure separation or isolation of non - 
related sounds, even with discrete 
stereo or quadraphonic signals be- 
cause they are both essentially mixes. 
Their gain over synthesized multi- 
channel systems is the fact that all 
their channels are individual and do 
not depend on each other. All these 
systems can be very satisfying as far as 

music is concerned, but many people 
(including myself) are frustrated with 
trying to locate the individual sounds. 

Professor Lirpa's alternative to this, 
of course, was the basis to your "Con- 
verting To Mono" article. That article 
deserves a belated round of (mon- 
ophonic) applause for preserving the 
sanity of those thousands who tried 
their utmost (budget permitting) to 
keep each sound separate. 

Never -the -less, we "Isolationists" 
dream on.... 

One dreamer, a close friend of Dr. 
Lipra as it turns out, owns and oper- 
ates a local hi-fi business and is known 
for his friendliness and fairness when 
making a sale. He is a modest man and 
had asked me not to mention his 
name. Therefore, I will refer to him by 
"Mr. Jones," a false name. 

Mr. Jones, I have discovered, has 
been long displeased with the state of 
high fidelity and its lack of separation. 

He was there like a trooper when 
audiomania first hit; with woofers, 
tweeters, and mid -ranges that would 
fill a store (which it did-his!). He had 
sounds like you would not be- 
lieve...but only frequencies were dis- 

crete and he grew weary of whole or- 
chestras getting up and running from 
one speaker to another, depending 
on their note and octave! 

Stereo was next. He quickly dou- 
bled his system, speakers and all, to 
grasp its full effect. Suddenly, voices 
and instruments would walk from 
channel to channel. For once an actu- 
al separation of sounds took place. 
Still things seemed crowded. Some- 
times two different sounds would oc- 
cupy the same space at the same time. 
Often, I would hear Mr. Jones angrily 
yell, "WHAT'S THAT !l@%#&tt GUI- 
TAR DOING IN THE SINGER'S 
MOUTH?" 

He finally realized you could only 
do so much with stereo, just as you 
could only tie so many knots in a 

piece of string before tying double 
knots. 

Quadraphony was no better, except 
that he was no longer making double 
knots, but square knots. 

The result of these phases provoked 
Mr. Jones into devising what Dr. Lirpa 
considers the future of, and perhaps 
the ultimate in high fidelity. For the 
past several months he has been de- 
signing a system which he has termed 
"RAR/64," or more explicitly, "Sixty- 
four channel RIDE -A -RAMA." As the 
first part of the title suggests the sys- 
tem consists of 64 separate, discrete 
channels. Each of these channels 
drives a full audio -range speaker set 
(containing as many drivers and cross- 
overs as desired). The speaker units 
are placed in an empty room so that 
they completely cover all four walls. 
In the center of the room's floor 
would sit the system's nervous center. 
Basically, it is a super -quiet, hydrauli- 
cally lifted chair which contains inside 
all electronics necessary to control 
each channel as well as movement of 
the chair. As Mr. Jones puts it, "Why 
make the sound come to you, why not 
go directly to the sound?" The chair 
not only serves the owner with a com- 
fortable seat, it also increases listening 
pleasure by taking the operator to any 
specific speaker he desires. Inci- 
dently, this also eliminates those little 
knobs and joysticks known as "bal- 
ance controls." Mr. Jones informs me 
that more than one chair could be at- 
tached to the lift. (Personally I think a 

love seat would be excellent for dat- 
ing purposes!) Presently the RAR/64 
has one holdback that is preventing it 
from becoming a reality: sixty-four 
channel program sources do not as 

yet exist. Jones says this can easily be 
worked out and expects to have an 
RAR/64 by 1984, possibly sooner. 

So there you have it. Someday soon 
you may be riding on your very own 
personal Ride -A -Rama. If you are like 
me, 1984 can't come soon enough! 

I hope you are as excited about this 
as Mr. Jones, Dr. Lirpa, and I. We'll be 
keeping our expectations high, and 
writing to you frequently to inform 
you of further developments. 

I almost forgot! If you think 64 
channels are not enough, remember 
that 128 are next. 

George Atwell Beazy 
Horse's Breath, Montana 

Low TIM Amp Addendum 
Dear Sir: 

Those readers who are building the 
low TIM amplifier which I described 
in the February issue of Audio should 
be aware of a potential problem with 
the specified heat sinks. Unlike the 
heat sinks used on my two prototypes, 
those specified in the parts list for the 
amplifier are anodized. Thus, they 
have an insulated coating which may 
make ground contact through the 
four mounting screws on each circuit 
board impossible. 

To remedy this, the anodized coat- 
ing should be scraped away from the 
areas where all four nuts on the circuit 
board mounting screws make contact 
with the flanged edges of each heat 
sink. The same should be done under 
all nuts on the screws which attach the 
L-shaped mounting brackets to the 
heat sinks. 

An alternate solution would be to 
run ground wires of No. 18 stranded 
wire from circuit board grounds to 
the chassis. However, the method de- 
scribed above is preferred for min- 
imum hum. 

W. Marshall Leach 
Georgia Tech -EE 

Atlanta, Ga. 30332 

EDITOR'S NOTE: The last two para- 
graphs of "Build A Low TIM Ampli- 
fier" by W. Marshall Leach in the Feb - 
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The 400 millisecond miracle. 

Most people 
seem to take for 
granted the 
smooth, effortless 

way in which a Revox works. 
And that is as it should be. 
For a great deal of time, effort and 

sophisticated engineering have gone into 
translating extremely complex function 
into lightning quick, responsive operation. 

For example, when you press the play 
button of a Revox, you set in motion a 
sequence of events that take place with the 
precision of a rocket launching. 

It begins with a gold plated contact 
strip that moves to close two sections of 
the transport control circuit board. 

Instantaneously, the logic is checked 
for permissibility. If acceptable, a relay 
is activated. 

Within 15 milliseconds, power is 
supplied to the pinch roller solenoid, the 
brake solenoid, the back tension motor, 
a second relay and, at the same time, 
the photocell is checked for the presence 
of tape. If present, Relay One self -holds. 

Elapsed time, 25 milliseconds. 
At 30 milliseconds, Relay Two closes 

and puts accelerating tension on the 
take-up motor. 

The logic checks are now complete and 
power is available to actuate all necessary 
functions. 

From 30 milliseconds to 300 milli- 
seconds, mechanical inertia is being 
overcome and the motors and sole- 
noids are settling down. 

5e ea 

By 300 milliseconds, the brakes have 
been released, the pinch roller is in 
contact with the capstan shaft, the tape 
lifter retracted, the playback muting 
removed and the motors have come up to 
operating speed. 

At 350 milliseconds power is cut off 
from Relay Two, which changes over to 
another set of contacts, releasing the 
accelerating tension on the take-up motor 
and completing a circuit through Relay 
One that, in turn, restores normal tension 
to the take-up motor. 

Total elapsed time, 400 milliseconds. 
The Revox is now in the play mode. 

And it's all happened in a fraction of 
the time it takes to read this sentence. 

The 400 milli- 
second miracle. 
More proof 
that Revox 
delivers what 
all the rest 
only promise. 
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Revox Corporation in U.S.A.: 155 Michael Drive, Syosset, NY 11791 

For other countries: Revox International, Regensdorf 8105ZH Althardstrasse 146, Switzerland. 



Can a woofer 
from Duluth 

find happiness 
with a tweeter 

from 
Forest Hills? 

If you gather different drivers 
from different sources, and coop 
them up in a little box, you could 
be dooming them to a lifetime 
of incompatibility. 

And the only way to make 
sure they get along with each 
other is to make sure they have 
the same background. 

That's why, at Mitsubishi, 
all our speakers are made from 
scratch. Conceived by the same 
designers, produced by the same 
craftsmen, tested by the same 
engineers. 

With the result that none of 
our components end up fighting 
among themselves. 

So when you're shopping for 
speaker systems, do a little 
checking into their background. 

Because if they're constantly 
arguing among themselves, it 
could make for some terribly 
unpleasant sounds. 

Mt SPEAKER SYSTEMS 
MITSUBISHI' 

Melco Sales, Inc. 
3030 E. Victoria St. 
Compton, CA 90211 

Gentlemen: 

I, too, am very particular about speakers. 
Please send me a brochure 
and the name of my nearest dealer. 

Name 

Address 

City 

A4 

ruary issue were inadvertently left 
out. They are: 

Once R25 has been adjusted for 
both channels, the bias potentiome- 
ters should be marked with a fiber tip 
pen so they can be reset if they are ac- 
cidentally misadjusted. Preferably, 
they should be sealed with wax so that 
this cannot occur. After this is done, 
the amplifier is ready for use. 

Several precautions should be ob- 
served when using the amplifier. Nev- 
er test it with a capacitor for a load, for 
the fused emitter resistors R29 and 
R30 will blow. Never attempt to con- 
nect or disconnect either the input or 
output leads with the amplifier on. In- 
stead, turn it off and wait for the filter 
capacitors to discharge. They will dis- 
charge much more quickly if the am- 
plifier is turned off without reducing 
the input signal level. When this is 

done, the amplifier will continue to 
operate several seconds until the filter 
capacitors are discharged. With the 
amplifier turned off, carefully check 
the speaker leads to insure that they 
cannot short together. Never drive a 

load of less than 4 ohms. And never 
place the amplifier where the air can- 
not circulate freely over the heat 
sinks. Happy listening!! 

More on AM Sound 
Dear Sir: 

Around 16 years ago, I was chief en- 
gineer for a low -power, college AM 
broadcasting station. This was, as far as 
we could make it, a high-fidelity oper- 
ation, from the choice of the same 
moving -coil pickups as enthusiasts 
used at home, through studio equip- 
ment carefully designed with judi- 
cious use of feedback, to use of mod- 
ulators in class AB instead of the usual 
class B. 

We did allow the telephone lines to 
introduce a gradual rolloff to -5 dB 
or so at 10 kHz, which was probably 
just as well considering what the me- 
chanical impedance of the pickup 
styli was doing to the treble sound, 
but we discouraged gain -riding and 
never used compressors, peak limiters 
or other music homogenizers, which 
is more than some "quality" classical 
FM stations can honestly boast today. 

At first I had the same skepticism as 
Paul Swartzendruber expressed in 
your January "letters" column, that 
these perfectionist efforts (largely my 
predecessor's) would be vitiated by 
the mediocrity of our listener's table 
radios. I was wrong. Aside from the 
mostly classinal content and often cal- 
low announcing, this station was iden- 
tifiable by an easy clarity of sound not 

found anywhere else on the dial, if 
the radio was one getting adequate 
signal strength. 

Unless broadcasting stations are 
very much better, or radios much 
worse, than in those days, the limita- 
tion on the sound quality of AM is not 
truly at the receiving end. 

Jack Reed 
Chicago, Ill. 

TV Sound 
Dear Sir: 

After reading Paul Swartzendru- 
ber's letter about AM receivers (Jan. 
76), I felt compelled to comment on 
the current state of audio in television 
broadcasting. While Mr. Swartz- 
endruber complains of poor quality 
only at the receiving end, television 
audio suffers at the home receiver, as 
it passes through network leased 
transmission facilities, and at the point 
of origination. 

Television utilizes frequency modu- 
lation (FM) to transmit the aural por- 
tion of its programming and is capable 
of essentially flat response between 30 
Hz and 15 kHz. The only receivers I 

have ever seen which could repro- 
duce this kind of bandwidth were old 
monochrome sets with big cabinets 
and multiple speakers or sets that 
were combined with a stereo system 
in one huge console. The trend today 
is toward smaller television receivers 
which necessitates smaller speakers, 
but even large consoles are being 
equipped with tiny speaker systems. 

Most commercial television stations 
are affiliated with one of the three 
major networks (ABC, CBS, and NBC) 
and as a result receive a large portion 
of their programming from the net- 
work control center in New York City. 
The visual portion of the signal is 
routed to the station on AT&T micro- 
wave facilities leased by the network, 
while the aural portion arrives on a 5 
kHz audio loop also leased from AT&T 
by the network. The visual signal trav- 
els through an essentially transparent 
medium, but the aural signal suffers 
considerable degradation as it passes 
through the reduced bandwidth au- 
dio loop. A typical specification for 
one of these loops is plus or minus 3 

dB from 100 Hz to 5000 Hz with har- 
monic distortion less than 3% and 
noise at least 46 dB below normal pro- 
gram level. 

This may all seem pretty gruesome 
until one realizes that the greater part 
of network audio is primarily vocal in 
nature. Most of the music we hear is 

in the background and not meant to 
be listened to solely for its entertain - 

State Zip 
Check No. 20 on Reader Service Card 
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Winner ... and still 
charpi.n! 

The AR turntable was introduced in 1961. It created a revolution by 
virtue of its unprecedented combination of professional standards of 

performance, simplicity of operation, and low cost. Hirsch -Houck 
Laboratories reported on it as follows in Stereo Review for August, 

How does the present version of the AR turntable (called the XB 
Model) stack up against the best of current competition? The maga- 
zine Australian Hi-Fi recently comparison -tested 28 different models 
for their Stereo Buyers' Guide. This is how they described the AR XB 
turntable in 

1967 1975 
leThe AR manual -play turntable 
has been, for some years, an 
outstanding example of profes- 

sional -caliber performance at a 
modest price... . 

The wow and flutter were 
extremely low- 0.035 and 0.03 
per cent, respectively, at 331/3 rpm. 
The unweighted rumble (NAB 
standard) was -38 db including 
vertical and lateral components, 
and - 42 db with vertical compo- 
nents cancelled out. Not only is 
the rumble figure at the level of 
the best we have ever measured, 
but since the basic rumble fre- 
quency is about 5 Hz, it is way 
down in the subsonic, sub -aud- 
ible region. 

As a frame of reference, these per- 
formance figures are slightly better 
than those we measured on one of 
the original AR single -speed turn- 
tables several years ago. The dif- 
ferences are not significant, which 
is not surprising in view of the out- 
standing performance of the AR 
turntable. It is obviously difficult 
to make very large improve- 
ments in products that are 
already outstanding performers. 

The tone arm had a tracking error 
of less than 0.5 degree per inch for 
record radii between 21/2 and 6 
inches. Its feel was excellent, with 
a comfortably shaped finger lift and 
no tendency to "get away" from the 
user, even when operating at a 

1 -gram stylus force. AR does not 
include any anti -skating features, 
holding that the benefits of such 
devices are not great enough to 
warrant their inclusion, since a 
minute increase in tracking force 
will accomplish the same reduction 
of distortion as anti -skating 
compensation. 

The speed of the AR XA turntable 
was exact, and was not affected by 
line -voltage variation over a far 
wider range than would ever be 
encountered in practice (even in 
countries with poor line -voltage 
stability). 

The AR XA turntable, complete 
with its oiled walnut base, plastic 
dust cover, stylus -force and over- 
hang gauges, and attached power 
and signal cables ... whose per- 
formance is unsurpassed and is, 
at best, equaled by only two or 
three much higher -priced record 
players. 

e... now comes the AR-XB- 
the only visual difference is the 
inclusion of a damped cueing 

device but there are other subtle 
improvements in other areas which 
make an already superb perform- 
ance even better... . 

First- the rumble figure. We 
measured an incredible 46dB 
down reference to 1 kHz at a 

groove velocity of 5 cm/sec RMS 
(7 cm/sec peak). This is the best 
figure we have measured using 
present test conditions and 
means that under just about any 
listening conditions rumble from 
the turntable will be completely 
inaudible. However, there's still 
recorded rumble, warps and the 
like. But with warps, the AR is likely 
to produce less subsonic disturb- 
ance than most turntables... 

Indeed, it is significant to note that 
for the first time while measuring 
rumble, we noticed no trace on the 
meter reading of warp component 
effects at all. 

Wow and flutter came in at 0.06% 
which is getting very close indeed 
to that difficult to measure area- 
close to the residual level of the 
test record itself. It may be a bit 
lower than this- but who cares? 

As we pointed out, there are no 
speed verniers- but the AR-XB 
hardly needs them. At 331/3 the 
turntable was 0.08% fast- a negli- 
gible error and much better than 
the claimed specification. 

We found, also, that the slight bias 
force created by the audio leads 
from the arm was exactly right for 
the Stanton cartridge. 

This is an excellent turntable. Don't 
be put off by its spartan appear- 
ance or the low price. In many 
areas, the AR-XB stacks up as 
the best turntable we have 
measured. 

The incredible thing is that AR has 
achieved this level of performance 
and sophistication with apparently 
the simplest of techniques- plus 
the soundest possible precision 
engineering. It has been said about 
the AR-XB that it leaves you won- 
dering if perhaps some other man- 
ufacturers have been getting too 
complicated. We wonder too after 
testing this unit. At the price, it's 
got to be a bargain, yet still a 

bargain that can be stacked up 
against the best of them. 

The most significant change has been the extension of the 
guarantee period from three years to five years. 

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

Please send me a complete description of the AR turntable 

Name 

Address 

Check No. 1 on Reader Service Card 
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STEPS 
FORWARD 

THE NEW 
METASTATIC 

SLOT TWEETER 

EARLY IN 1975, STR'S ENGI- 
NEERING STAFF BEGAN A 
PROJECT DEVOTED TO THE 
SONIC IMPROVEMENT OF 
THE SOLID STATE HIGH FRE- 
QUENCY DRIVER. 

UPON COMPLETION OF 
THAT PROJECT, STR IS 
PROUD TO ANNOUNCE THE 
NEW METASTATIC SLOT 
TWEETER! 

THE UNDENIABLE RESULTS 
ARE: 

- WIDER DISPERSION - - IMPROVE PHASE 
INTEGRITY - MINIMIZED 
"IMAGE WANDERING" - - IMPROVED DEFINITION - - HIGH RELIABILITY - 
THE MS TWEETER IS NOW 
INCORPORATED IN ALL STR 
LOUDSPEAKERS: LISTEN 
FOR YOURSELF, WE ARE 
SURE YOU WILL AGREE 
WITH US THAT THE MS 
TWEETER IS BETTER THAN 
ANY OTHER TWEETER. 

STR PRODUCTS ARE SOLD 
ONLY IN THE FINEST AUDIO 
STORES! 

STR, INC. 
3000 ORANGE GROVE AVE. 

NORTH HIGHLANDS, CALIFORNIA 

ment value. Musical variety shows suf- 
fer the most from poor transmission 
facilities and small speakers in home 
receivers. The audio tracks of these 
shows are very good; usually having 
been recorded on multitrack ma- 
chines, mixed down to mono, and 
then added to the videotape master 
after editing is completed. Feature 
films suffer somewhat less than the 
musical shows due to film's inherently 
poorer audio response. The optical 
sound tracks on 35 mm movie prints 
(the most common format for the net- 
works) are only capable of response 
to about 8 kHz. Movies shown by lo- 
cal stations are primarily in 16 mm for- 
mat. The optical sound tracks on 16 
mm film are only capable of response 
up to about 5 kHz. 

The end result of all this is a vicious 
circle in which the home viewer is the 
ultimate loser. The receiver manu- 
facturers are not willing to add better 
and more expensive audio sections to 
their products because the quality of 
most of the audio being transmitted 
doesn't warrant it. The networks, on 
the other hand, are not too enthusi- 
astic about upgrading their audio fa- 
cilities because no one at home could 
hear the difference. An underlying 
factor here is whether or not AT&T 
could provide wideband audio facil- 
ities at a reasonable cost to hundreds 
of television stations. 

All of what I have just said applies 
only to network programs broadcast 
by a particular local station. Anything 
a station broadcasts locally is limited 
in bandwidth only by the transmitter 
and whatever audio processing 
equipment the station has. If a station 
could obtain a videotape copy of a 

particular network show and play it 
back locally, the audio would not 
have to pass through miles of tele- 
phone cable and would suffer none of 
the resulting degradation. Unfortu- 
nately, this luxury is rarely if ever af- 
forded to a local station. 

There is one exception I know of to 
the network audio problem and that 
occurs in New York city. Each of the 
networks owns a commercial tele- 
vision station in New York city. The in- 
dividual network control centers and 
their associated stations are, for all 
practical purposes, one in the same. 
Since no telephone lines are neces- 
sary to connect the station to the net- 
work, the audio information is passed 
on to the transmitter and finally the 
viewing public without first having its 
lows and highs chopped off. I've lis- 
tened to the New York stations when 
visiting friends, and even on a tele- 
vision receiver with a small speaker 
the difference is amazing to say the 
least. 

I personally do not feel that tele- 
vision audio is going to improve in the 
near future. Neither the networks nor 
the receiver manufacturers want to 
make the first move and the stalemate 
could continue for a long time. Major 
improvements in television audio will 
not come about until the consumer 
decides that he is ready for them and 
is also willing to pay for them. Until 
that time comes, we die-hards who 
would like better sound from our 
television sets can either move to New 
York City or jump on the bandwagon 
for better TV sound and convince the 
industry to get with it! 

Richard P. Markey 
Lebanon, Penna. 

Check No. 37 on Reader Service Card 16 AUDIO APRIL, 1976 



THE END OF 

THE DOUBLE STANDARD. 

OUR LEAST EXPENSIVE RECEIVER HAS THE SAME 

LOW DISTORTION AS OUR MOST EXPENSIVE RECEIVER. 

At Yamaha, we make all our 
stereo receivers to a single 
standard of excellence. 

A consistently low inter - 
modulation distortion of just 
0.1%! 

A figure you might expect 
only from separate compo- 
nents. Maybe even from our 
$850 receiver, the CR -1000. 

But a figure you'll surely he 
surprised to find in our $330 
receiver, the CR -400. 

So what's the catch? 
There is no catch. Simply a 

different philosophy. Where 
high quality is spelled low 
distortion. 

You'll find Yamaha's single- 
mindedness particularly grati- 
fying when compared to the 
amount of distortion other 
manufacturers will tolerate 
throughout their product lines. 
(See chart.) 

Particularly gratifying and 
easily explained. 

Less of what 
irritates you most. 

While other manufacturers 
are mostly concerned with 
more and more power, 
Yamaha's engineers have 
concentrated 

IM Distortion Comparison 

YAMAHA Brand "A" Brand "B" Brand "C" 
CR -1000 .1% .1% .15% .3% 
CR -800 .1% .3% .3% .5% 
CR -600 .1% .5% .5% .8% 
CR -400 .1% 1.0% .9% 1.0% 

With most manufacturers, price determines quality. However. in 
he above chart, you can see how Yamaha alone offers the same 
luality (low distortion) throughout our entire line, regardless of 

price. 

on less and less distortion. 
Particularly intermodula- 

tion (IM) distortion, the most 
irritating to your ears. By vir- 
tually eliminating IM's brittle 
dissonance, we've given back 
to music what it's been missing. 

A clear natural richness and 
brilliant tonality that numbers 
alone cannot describe. A new 
purity in sound reproduction. 

A musical heritage. 
Our seeming preoccupation 

with low distortion, in general, 
and the resulting low IM dis- 
tortion, in particular, stems 
from Yamaha's own unique 
musical heritage. 

Since 1887, Yamaha has been 
making some of the finest musi- 
cal instruments in the world. 
Pianos, organs, guitars, wood- 
winds, and brass. 

You might say we're music 
people first. 

With our musical instru- 
ments, we've defined the 

standard in the production of 
fine sound. And now, with our 
entire line of receivers and 
other stereo components, 
we've defined the standard of 
its reproduction. 

Four different receivers, 
built to one standard. 

Between our $330 CR -400 
and our $850 CR -1000, we have 
two other models. 

The $460 CR -600 and the 
$580 CR -800. 

Since all are built with the 
same high quality and the same 
low distortion, you're probably 
asking what's the difference. 

The difference is, with 
Yamaha, you only pay for the 
power and features that you 
need. 

Unless you have the largest, 
most inefficient speakers, plus 
a second pair of the same play- 
ing simultaneously in the next 
room, you probably won't need 
the abundant power of our 

.. 
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top -of -the -line receivers. 
Unless you're a true audio- 

phile, some of the features on 
our top -of -the -line receivers 
might seem a bit like gilding the 
lily. Selectable turnover tone 
controls, variable FM muting, 
two -position filters, even a spe- 
cial five -position tape monitor 
selector. 

However, you don't have to 
pick one of Yamaha's most ex- 
pensive receivers to get a full 
complement of functional fea- 
tures as well as our own exclu- 
sive Auto Touch tuning and 
ten -position variable loudness 
control. 

The End of the 
Double Standard. 

Just keep in mind that all 
Yamaha stereo receivers, from 
the most expensive to the least 
expensive, have the same high 
quality, the same low distor- 
tion, the same superlative 
tonality. 

It's a demonstration of prod- 
uct integrity that no other 
manufacturer can make. And, 
an audio experience your local 
Yamaha dealer will be de- 
lighted to introduce you to. 

- ------ 
+,_ + _--+-, 
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YAMAHA 
International Corp., P.O. Box GG00, Buena Park, Calif. 90620 
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Audio ETC 

THROUGH MOST of a recent 
two-hour drive ot.t of Con- 
necticut into New York 

found myself being quizzed by a 
young passenger, a musician, anthro- 
pologist, record collector, and into hi 
fi, about various types of speak- 
ers-and why. (I.e., What speakers 
should he buy for his system?) This 
guy reads a lot of the poop, as we tend 
to call it, and he knew the rames of as 
many brands as I do. He has brains 
and curiosity; he wanted to know. Yet 
I was astonished at his basic ignorance 
concerning such fundamentals, say, as 
a speaker system which suppresses 
the back wave and makes use only of 
the front, the acoustic suspension 
type (he knew that term, all right), 
versus the newly resurgent front and 
back wave types which are now so 
very much in the hi-fi news. Maybe all 
the poop isn't doing its job, for all the 
glamour? 

Most readers of this mag (I am sup- 
posing) are moderately up on techni- 
cal matters and so know a lot about 
this, including all the excitement 
about Messrs. Thiele and Small (see 
"Dear Editor", Feb. 1976). On the oth- 
er hand, for those younger readers 
who may be a bit new to our game, I 

figure a brief non -technical outline of 
speaker history (such as I had to pro- 
duce, perforce, while driving) might 
be a useful background for the thor- 
ough technical coverage we offer in 
so many articles and equipment pro- 
files in Audio. 

Edward Tatnall Canby 

What has concerned us the most, 
over the years, is bass. Highs-yes, but 
there, the problem involves the whole 
speaker cabinet only marginally, 
whereas the enclosure design and es- 
pecially its size and shape is crucial for 
bass and always has been. True even 
for electrostatics, where bass and size 
are directly related. In the beginning 
(the beginning of electrical reproduc- 
tion, that is), there was no bass. Skinny 
horns in the shape of a question mark, 
minus the point, and skinny sounds 
therefrom, even though horn loaded 
to an extent. Then-from the public's 
viewpoint-came the cone speaker in 
an open -back cabinet, and suddenly, 
for the first time, we who bought ra- 
dio -phonographs and played 78 
records on them, or listened to broad- 
casts of music, and heard genuine 
bass of a loud, emphatic sort. 

No, no, not flat bass! Obviously 
there were specialists who even then 
built vast horns and what -not to 
achieve hi-fi bass down to the sub- 
sonic, but we, the listening public, 
knew nothing of such matters. In- 
stead, we positively gloried in what 
later came to be known as "boom 
bass." Technically, this was peaky, 
highly distorted mid -bass reproduc- 
tion, ruinous of transients, mushy and 
thumpy; but if you had heard no oth- 
er, it was marvelous. A new sonic ex- 
perience and a musical bonanza, after 
so many long years of the old acoustic 
records and a million tinny machines 
that produced no bass whatsoever, 

leaving the ear to reconstruct the mu- 
sical sense in the bottom range from 
the meagre sonic clues available. It 
could be done. Otherwise-no music. 
But real bass, audible bass un- 
reconstructed, was something else 
again, and it kept us happy for a good 
many years through the 1930s and on 
into the postwar period's beginning. 

Yes, most of us became aware that if 
you removed a loudspeaker from its 
(open back) cabinet, the bass disap- 
peared. You needed the cabinet as a 
baffle, to keep the back -propagated 
bass from cancelling the front wave as 
the two curled around the edge and 
met head-on. The lower the tones, 
the worse the cancellation; hence a 
neat roll -off to zero. In a cabinet, and 
with the separation between back and 
front nicely compounded by the sides 
of the box, you could get that good 
old thump bass (not really very 
low-just heavy and positive) to ev- 
erybody's idea of perfection. 

Then, among those of us of an ex- 
perimental turn of mind, came the 
"separate baffle," a big plywood or 
celotex board, as big as possible, with 
a hole in the middle for your speaker, 
removed from its cabinet. Terrific im- 
provement-and just try putting said 
board up against a fireplace. Sudden- 
ly, a gargantuan bass! And much 
cleaner than before. I produced this 
miracle in my New York apartment in 
the late 40s and that fireplace served 
me for, I hate to tell you, how many 
years. The fireplace itself wouldn't 
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Introducing the Aristocrat of Loudspeakers-Celestion Ditton 66. 

Are you the rare audiophile who seeks to step above the mundane and 

into the realm of of exceptional? Then Celestion Ditton 66 deserves 
your careful scrutiny. We are not examining an ordinary speaker-but 
Britain's most refined distillation of 50 years of loudspeaker 
expertise. 

Starting with the exterior, Ditton 66 appears not as a precision musi- 
cal reproducer but as an elegant piece of hand-crafted furniture. Its 

slim, classical proportions and angled front corners provide an unob- 
trusive appearance which belies the sophisticated array of drivers 
within. 

We now examine the interior of the Ditton 66. Removing the front 
grille panel, we immediately notice that the four drive units are all 

flush mounted for complete absence of tunnel or diffraction effects. 

High flute notes must be clean, smooth, and avoid ringing. Celes- 

tion's HF 2000 tweeter reproduces these flawlessly from 5000 to 

40,000 Hz. There is nothing like it for exceptionally smooth, extended 
frequency response, tight transients and outstanding dispersion for 

matchless stereo definition. The HF 2000 is renowned for its complete 
absence of listener fatigue. 

The MD 500 dome midrange unit covers 500 to 5000 Hz with very low 

distortion, exceptional dispersion and correctly maintained phase re- 

lationship. The MD 500 possesses an extremely powerful magnet, en- 

suring critical damping and high power handling. 

Ditton 66 employs a 12" bass transducer capable of exceptional 
quality low frequency reproduction. The diaphragm is formed of 

heavy fibre, plasticized to prevent resonances and suspended by 

means of a neoprene roll surround and concentric rear suspension. 
The result is ample linear excursion for lowest possible distortion on 

bass notes. Finally, a 12" auxiliary bass radiator with double roll sus- 

pension ensures correct ultra -bass reproduction to 16 Hz. 

These drivers were totally researched, designed and built by Celestion 
to work together in the Ditton 66. Exceptionally clean, wide-open 
sound, outstanding dispersion and transient response, and total 
harmonic distortion of well below 1% at almost all frequencies 
-these qualities combined make a truly aristocratic performer of the 
Ditton 66. 

Listen to and become a discriminating owner of a pair of Celestion 
Ditton 66's-as enduring in their excellence as the company which 
built them. 

Sole North American Distributors: 
ROCELCO INC. 160 Ronald Dr. Montreal, Canada H4X 1M8 
Phone (514) 489-6842 
Los Angeles: (213) 985-5707 Chicago: (312) 381-4559 New York: (516) 938-4057 

Also Distributors for Decca Cartridges and Record Cleaning Devices 



eSPECTR O 
POWER! 

THE SUPER CLEAN 
SPECTRO ACOUSTICS 

MODEL P-202 

Suggested Retail $375.00 

Spectro-Acoustics Model P-202 

CLEAN, STABILIZED POWER 
SPECTRO-ACOUSTICS embodies both in its 
Model P-202 Power Amplifier. Specifications 
and price are two good reasons to invest your 
listening pleasure in SPECTRO-ACOUSTICS 
equipment. Craftsmanship comes with the 
name. 

Not less Iran 100 watts, RMS, continuous 
power per channel. Both channels are driven 
into 8 ohms at any frequency from 20 Hz to 
20.000 Hz with no more than 0.25% total 
harmonic distortion. 
Power at clipping is typically 200 watts per 
channel. 
Instantaneous clipping indicators far more 
accurate th.3n conventional meters. 
Easily driven by any receiver or pre -amp. 
Automatic limiters and protectors for all 
load condit ons. 
SCAMP (Self Contained AMPlifier) modu- 
lar construction for rugged, reliable opera- 
tion and serviceability. 

For more detailed information, see your local 
dealer or contact SPECTRO-ACOUSTICS, INC. 
today. 

Ask about our Model P-101 pre -amp and 
Model 210 Grzphic Equalizer. 

SPECTRO 
ACOUSTICS, INC. 

1309 E. SPOKANE [509] 545-1829 
PASCO. WASHINGTON 99301 

work, anyhow (the room just filled 
with smoke), and so there was no rea- 
son not to use it. Maybe a tenth of 
one per cent of informed record lis- 
teners got so far as to try the Separate 
Baffle back in those days. The rest of 
them went along with the standard 
open -back cabinet, assuming they did 
anything as fancy as that; as now, 
there were countless table -top ma- 
chines with speakers in their lids or in 
the front panel, for a slight but very 
limited improvement over the old 
acoustic phonograph. 

Remember..., Remember 
I should toss in a word about the 

Orthophonic Victrola, from around 
the time Victor became RCA Victor. 
The Orthophonic disc was electrically 
made, via microphones and electrical 
cutters, but the Orthophonic phono- 
graph was still acoustic powered. 
What it had, though, was an ingenious 
and carefully designed horn loading, 
a folded -horn system, which took 
hold of a lot more bass than any ear- 
lier standard acoustic machines, par- 
ticularly via the new electrical record- 
ings. Today, the Orthophonic Victrola 
sounds pretty tinny and thin, but I can 
vouch for its amazing effect upon us 
at the time. There was not only an ex- 
tension of the low end into what 
could really pass for bass sound, more 
or less, but the volume was-still 
acoustic-remarkably loud. This was 
one of the earlier examples of horn - 
loaded efficiency in sound reproduc- 
tion, powered entirely from the ener- 
gy of the moving "needle." There 
were other famous models, acoustic 
and electric-as I remember the 
Brunswick Panatrope was electrical; 
but the Orthophonic Vic. was the one 
that really impressed musical people 
who bought recordings. 

By comparison, the succeeding 
electric phonograph in its stand-up 
cabinet made a monstrously big bass 
noise, and I remember intensely dis- 
liking it. Instinctive dislike of the 
boom bass? Maybe. It was a violently 
resonant effect, going off with a rattle 
and a blast on certain pitches, the 
speaker simply breaking up into 
meaninglessness. But I think the real 
trouble was the concomitant lack of a 

high end. "Nothing over 4000 cycles," 
we used to say but actually the roll off 
(approaching a cut off) left very little 
useful sound above 3 kHz. Hard to be- 
lieve today. Not a trace of an "S." The 
sibilants were identical with the frica- 
tives (S and F). Nor any more than the 
barest hint of instrumental color in 
music, so that flutes and violins were 

the same; triangles simply did not ex- 
ist. You could hear a piccolo faintly, if 
it didn't play too high. 

No highs and a heavy, boomy bass; 
it was a bad combination. But in the 
end we got used to it and enjoyed it 
for the music it brought us, there 
being, as far as we knew, no other 
kind of reproduced sound. This 
boom/muffle effect was in fact wholly 
"normal" for reproduced music and 
voice, right up until the advent of 
popular hi fi in the late '40s. 

Tuned Boxes and Horns 
We had moved precipitately from 

the shrill acoustic sound, tinny and 
minus bass, straight to a sound which 
wó_ just the opposite, muffled and 
bass -heavy. And here, opportunely, 
entered the juke box, on the most sol- 
id of practical grounds. In that aston- 
ishingly prolific public instrument, the 
boomy resonance was magnified un- 
believably and, in the jukey sort of lo- 
cation, was absolutely ideal. First, a 
strong, thumpy rhythm, dominating 
all else. Second, a super -muffled high 
end where highs were quite use- 
less-drowned out or swallowed up 
by assembled humanity and vast 
amounts of talking and other extra- 
neous noises. The boom bass moved 
easily around every corner and into 
every nook, non -directional and 
largely immune to absorption. So the 
juke box was king for a generation 
and inevitably influenced the home 
receiver, the radio -phonograph in the 
living room. If people wanted any- 
thing more, it was more of this boom 
bass (though this purist continued to 
hate it!). So the stage was set-for the 
bass reflex. And there it was-a new 
all-around cabinet with a back which 
could produce lower, stronger bass 
than any open cabinet and, with care- 
ful tuning, might even produce a 
crisp, relatively flat bass too. And it 
wasn't any bigger than the usual box 
either-maybe smaller. 

The tuned bass reflex box came in 
slowly. It gradually proliferated, mak- 
ing its way into what eventually be- 
came the early world of hi-fi com- 
ponentry. My memory is hazy-was it 
first used in the 1930s? Was it a Jensen 
patent? (And is the term still protect- 
ed? If so, all credit where credit is 

due.) But for many years, I personally 
remember this type of tuned cabinet 
with its solid, well -insulated insides 
and its tuned port to let out the back 
wave, as pretty much the elegant stan- 
dard in good -quality, enterprising 
home systems amid the beginnings of 
do-it-yourself. That would take us 
right up to the late '40s, after the War, 
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If you're surprised tolearn 
that tubes solve some amplifier problems best, 
you have something to learn about amplifiers. 

And about LLB. 
It may seem courageously retrogressive for a company 

to introduce a tube amplifier-even a highly advanced 
type-to the semiconductor audio world of 1976. Especially 
for a company only recently established in the-U.S. market 
with a comprehensive line of solid-state amplifiers and tuners. 
But for LUX, it is simply consistent with our philosophy: 
whatever path may lead to improvement in the accuracy of 
music reproduction will be explored by our audiophile/ 
engineers. Whether it leads to transistors or tubes. 

Certainly, transistors are not about to be obsoleted 
by tubes. However, there are some amplifier problems that 
tubes still handle better than transistors. Overloading 
is one such problem. 

When a solid-state amplifier is driven beyond its rated 
power, it clips abruptly. Engineers call it"hard"clipping. The 
term is apt, as the sound from the spurious high -order odd 
harmonics is raspy and irritating. Further, if the overall 
circuitry is not stable, and the protective circuits not very 
well -designed, the distortion is extended in time beyond the 
moment of overload. Drive a tube amplifier beyond its rated 
power and it too clips the waveform, but gently and 
smoothly. This "soft" clipping introduces much smaller 
amounts of odd harmonics. The distortion is far less irritating, 
hence less noticeable. 

Notch (or crossover) distortion, present in many 
transistor amplifiers, is another source of spurious high -order 
odd harmonics. It occurs when the transistor output 
circuits are not able to follow the musical waveform accurately 
at the points where it changesfrom positive to negative 
and back again. Since notch distortion, unlike clipping, is at a 

constant level regardless of the power the amplifier is 

delivering, the ratio of this distortion to signal is worse at lower 
power. The gritty quality heard from many transistor amplifiers, 
particularly when they are playing at low levels, is usually 
due to crossover distortion. 

Of course, tubes also have their limitations. Especially 

When a typical 
transistorized 
amplifier tries to 
deliver more 
power than it can. 
the top and 
bottom edges of 
the waveform 
"clip" sharply 
and abruptly ..and 
not always sym- 
metrically. Result. 
high -order har- 
monic distortion... 
raspy and irritating 

When a tube 
amplifier. such 
as the Luxman 
MB -3045. is 
driven into over 
load. the 'Clip- 
ping' is softer. 
with more 
rounded edges 
to the waveform 
The resulting 
distortion is 
much less audi- 
bly bothersome. 

conventional tubes. The only tube previously capable of 
high -power amplification-the pentode-has inherently higher 
levels of distortion than the triode. Existing lower -distortion 
triode tubes cannot deliver sufficiently high power as a 

simple push-pull pair. But LUX, together with NEC engineers, 
has developed the first of a new breed of triode tube, the 
8045G, which with other related technological advances, 
makes possible a high -power, low -distortion triode 
amplifier-the Luxman MB -3045. Among the differences in 

this new triode: the plate -electrode uses a special bonded 
metal with high heat -radiation characteristics. Also, the 
fin structure further aids heat dissipation. 

LUX also developed a low -distortion high -voltage driver 
tube, the 6240G, capable of delivering over 200 volts of 
audio signal to the output triodes. Also, a new output 
transformer (LUX's,long-time special area of expertise) has 
been designed to take optimal advantage of the triode 
configuration feeding it. The quadrafilar winding and core 
technology of this transformer represents another break- 
through. Overall, from input to output, the use of advanced 
design direct -coupled and self -balancing differential amplifier 
stages ensures stability and minimum phase shift. 

The MB -3045 produces a minimum of 50 watts 
continuous power into 4, 8, or 16 ohms, at any frequency 
from 20 to 20,000 Hz, with total harmonic distortion no more 
than 0.3%. As the MB -3045 is monophonic, a pair of them 
connected to a stereophonic preamplifier will not be 
subject to stereo power -supply interaction. 

Now, we don't expect the MB -3045 to become the 
world's best-selling amplifier, any more than our highest - 
power solid state power amplifier, the M-6000 priced 
at nearly $3000. 

You'll find both at our carefully selected LUX dealers 
who will be pleased to demonstrate them for you. And any 
of the other dozen or so LUX models. It's why they're 
LUX dealers in the first place. 

Luxman MB -3045 monophonic tube power amplifier. 
50 watts minimum continuous power into 4, 8, or 16 
ohms, 20-20 kHz; total harmonic distortion no more 
than 0.3%. Frequency response: 10 to 40 kHz, ± 

1 dB 
Signal to noise ratio. 95 dB. Variable sensitivity, control 
for matching gain to any preamplifier. $445.00 each. 
Luxman CL -35 Ill stereo tube preamplifier. Total 
harmonic distortion: 0.06% at 2.0 V. 20-20 kHz, all 

output signals. Frequency response: 2-80 kHz, +0 
-0.5 dB. RIAA equalization: ±0.3 dB. Features 
include: tape monitoring and dubbing, 6 selectable 
turnover frequencies, twin high and low noise filters. 
switchable phono -input impedance (30, 50, 100 
kohms), variable input sensitivities. $745.00. 

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

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



Thir...protectr your mort eHpenrive 
hi-fi investment. 

Recognizing that a penny saved is a penny earned, may we suggest 
that try;ng to economize by putting off the replacement of a worn 
stylus could be like throwing away five dollars every time you play a record. (Multiply that by the number of records you own!) Since the 

stylus is the single point of contact 
between the record and the balance 
of the system, it is the most critical 
component for faithfully reproduc- 
ing sound and protecting your rec- 
ord investment. A worn stylus could 
irreparably damage your valuable 
record collection. Insure against 
this, easily and inexpensively, sim- 
ply by having your dealer check 
your Shure stylus regularly. And, 
when required, replace it immedi- 
ately with a genuine Shure replace- 
ment stylus. It will bring the entire 
cartridge back to original specifica- 
tion performance. Stamp out waste: 
see your Shure dealer or write: 

STEREO DIREG1 

BUYING GUIDE 

Shure Brothers Inc. 
222 Hartrey Ave., Evanston, IL 60204 
In Canada: A. C. Simmonds & Sons Limited SHURE 
' FREE! 1975 Stereo Directory & Buying Guide with the purchase of a Shure V-15 Type Ill, or the M95 series, M75 Type II or M91 series of cartridges. Simply send us your warranty card with the notation "Send Free Buying Guide." Hurry-offer subject to supply. 
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when hi fi (and this magazine) first be- 
gan-literally-to boom. 

Horns? Paul Klipsich didn't produce 
the first horn -loaded loudspeaker, if 
you count the old acoustic Ortho- 
phonic and the fireplace baffle but 
his, no doubt, were (and are) among 
the very best and most ingeniously 
folded. Exponential expansion of the 
space behind the speaker (or in front), 
to load up, pull down, and smooth 
out the bass range-and to maximize 
efficiency. I don't remember who 
built the first concrete house -size 
horn monster, but this excellent prin- 
ciple for getting good, and flat, bass 
has always been bulky (not to say 
complex) even in its folded format, 
and that is probably why the bass re- 
flex in its numerous variants was the 
type we listeners got to know as a 
standard. 

It blossomed everywhere, and there 
was only one major hitch to its oper- 
ation-assuming that you had tired of 
juke boom and wanted a lower, cris- 
per bass out of your box. In those days 
you bought your loudspeaker as a 
component and installed it in a sepa- 
rately bought cabinet. Chaos! For the 
essence of this system is the careful 
tuning of the cabinet space and port 
to the characteristics of the speaker. 
This delicate matter was left to the 
home user or the non -knowledgeable 
dealer and 99 per cent of the time it 
was botched. Just put the speaker into 
the cabinet and turn on the juice! Ei- 
ther it boomed unmercifully, or it 
didn't, and very few of us knew 
enough to understand that we could 
do something about it. Most of us as- 
sumed that the sound we heard, so to 
speak, came straight from the loud- 
speaker-and if there was an unlovely 
thump and boom, then that driver 
couldn't be a very good one. Mushy 
kettledrums, growly string basses, 
were speaker unit faults. Not so! 
More likely, a mistuning of cabinet 
and speaker, to produce a big re- 
sonant peak due to the resonances of 
speaker and cabinet coinciding, in- 
stead of being smoothly offset to carry 
the speaker's range lower than its free 
air resonance.... 

All this, of course, is primer stuff for 
anybody who knows his present hi fi. 
Nevertheless, I suspect that a good 
many sharp readers of Thiele and the 
others are unaware of the earlier 
background, so well known to us, 
who are older. In another installment, 
I'll continue the capsule history of 
speaker bass and speaker fashions 
through the hi-fi ages and will hope 
you oldsters will go nostalgically along 
with me. 
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e JVC 

JVC introduces five new stereo re- 

ceivers that carry the unmistakable 
stamp o' high fidelity professionalism. 
Starting with clean cut laboratory styl- 
ing; precision, linear slide tone controls 
and direct -action pushbutton function 
selectors, the professionalism of these 
outstanding components cont'.nues 
every step of the way with JVC's inno- 
vative, pace setting engireering. Each 
model snares much of the uncommon 

JVC receivers (top to bottom). 5100. 5200. 5330 5400. S600 

in common with the top professional- 
the S600. Expensive and sophisticated 
phase lock loop circuitry Center -of - 
channel and signal strength tuning 
meters. Quadrature detector circuitry. 
And smooth, gyro -bias tuning. 

Whichever new JVC professional 
you select, you can be sure it's a fea- 
ture -packed receiver. If you're plan- 
ning to spend about two hundred 
dollars for a receiver, or as much as 
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seven hundred and fifty-think like a 

professional. Think JVC. 
Call for the name of your nearby 

JVC dealer. lie's professional. too. 

c 
JVC America, Inc.. 58-75 Queens Midtown 

Expressway, Maspeth, N.Y. 11378 
(212) 478-8300-Toll free: 800 - 22)-7502 



Behind The Scenes 

IN 1974, THE long-playing, 
33 1/3 -rpm record celebrated 
its 25th anniversary. It is, of 

course, the prime medium for record- 
ed music and an economic giant. 
Now, in 1976, open -reel recorded 
tape has reached its 25th anniversary 
and, sad to say, has fallen on parlous 
times. 

Twenty-five years ago, I was, in es- 
sence, the mid -wife at the birth of 
open -reel music tape. I was with Mag- 
necord at the time, and negotiated a 

pact with George Mendelssohn, Presi- 
dent of Vox Records (who was as ven- 
turesome then as he is today), to pro- 
duce open -reel recordings which we 
called "Magnecordings by Vox." The 
tapes were, of course, monophonic, 
at 7'/z ips, full track, although I seem 
to recall we issued some half-track 
tapes as well. The signal-to-noise ratio 
was a snappy 48 dB, but they were 
duped one -to one, using a battery of 
Magnecords as slave units. The tape 
masters were of European origin, on 
huge 14 -in. reels, and the tape oxide 
was a bilious yellow which shed all too 
easily. Even back then, we were am- 
bitious enough to turn out such items 
as Otto Klemperer and the Vienna 
Symphony Orchestra performing the 
Mahler 2nd Symphony. 

A little later, a few small companies 
produced some mono tapes. Then 
RCA got into the act, producing 
mono tapes they called "ortho- 
phonic," and not long after that Liv- 
ingston and Concert Hall Society pro- 
duced the first stereo tapes. Finally, in 

Bert Whyte 

1954 RCA issued the first "major com- 
pany" stereo tapes, and open -reel 
music tapes were well and truly 
launched. Columbia, Vanguard, Mer- 
cury and other companies issued ster- 
eo tapes. Ampex created United Ster- 
eo Tapes and became a major factor 
in the business. Quite a respectable 
catalog of pop and classical tapes was 
built up, and sales of half-track stereo 
tapes had reached about $7 million 
per year, when the stereo disc was in- 
troduced in 1958. 

Although the technical quality of 
the early stereo discs left a great deal 
to be desired, they had one very sig- 
nificant advantage over the stereo 
tapes, and that was that they were far 
lower in price. Consider the fact that a 
stereo tape of the Tchaikovsky 6th 
Symphony cost as much as $18.95 ver- 
sus $5.95 for the same music on stereo 
disc, and you can understand why 
there was a rapid erosion of the sale of 
stereo tapes. As the quality of the ster- 
eo discs improved, the sales of stereo 
tapes decline even more drastically. 

Why the big price differential be- 
tween tape and disc? You must re- 
member that the stereo tapes were 
made in what we call today "half- 
track" stereo, that is two channels 
played back in one direction from 
supply reel to take-up reel. Thus, if a 
piece of music was 46 minutes in du- 
ration, it was necessary to use a length 
of tape that would give you this run- 
ning time at 7/ ips. The tape reel 
alone cost more than the basic disc 
pressing, to say nothing of the sheer 

mechanical and handling com- 
plexities of tape duplicating, with 
their subsequent higher labor costs. 
As the stereo disc gained momentum, 
there came a period when the stereo 
tape market was so depressed, that 
none of the companies issued new re- 
leases for many months. 

Finally, when the stereo tape mar- 
ket was at its very nadir, Ampex came 
to the rescue by introducing the quar- 
ter -track stereo tape. In this con- 
figuration, there are four tracks inter- 
leaved with appropriate guard bands, 
with one set of stereo tracks (1 and 3) 
running from supply reel to take-up 
reel, and at the conclusion of the first 
pass or "side," the reels are reversed 
and the other set of stereo tracks (2 
and 4) are played. Naturally, at the 
conclusion of the second pass, the 
tape has wound onto its original reel 
and is once again ready for playback. 
Of course, each set of stereo tracks is 
derived by approximately halving 
each track of the original two -channel 
format. Thus, for any given amount of 
playing time, the quarter -track stereo 
format requires but half the length of 
tape that would be necessary in the 
half-track stereo format. Evidently, 
the cost of the duplicating tape was a 

major factor in the overall costs of 
producing stereo tapes, so when the 
tape requirements were halved by 
adoption of the quarter -track format, 
Ampex was able to substantially re- 
duce the price of its stereo tapes. To 
be sure, they were still more ex- 
pensive than their counterparts on 
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Powerful 
alternative. 

SAE 2500 Professional Dual -Channel Power Amplifier 

When you compare power amplifiers, you have to look at the 
hard facts. The SAE 2500 Professional Dual -Channel Power 
Amplifier has them-top power, specifications, reliability and 
features that make it the most "powerful alternative." 
Power. 450 Watts RMS per channel, both channels 
driven into 4 Ohms from 20Hz to 20kHz at no more 
than 0.1% total harmonic distortion. Or, 300 Watts 
RMS per channel, both channels driven into 8 Ohms 
from 20Hz to 20kHz at no more than 0.05% total har- 
monic distortion.*Plus, a new, smaller wide -channel power 
transformer coupled to 4 computer -grade capacitors for a 

power supply that varies no more than 10% from no load to 
full load. (For extra protection, there are relay and thermal 
cut-out devices.) 

Other Specifications: 
IM Distortion from 250mW to rated power at 4 or 8 Ohms with any 2 mixed 
frequencies between 20Hz and 20kHz at 4/1 voltage ratio 0.05 Max. 
Frequency Response at rated power ±0.25d13, 20Hz to 20kHz 
Noise Greater than -100dB below rated power 
Transient Response of any Square Wave 2.5psec. rise and fall time 
Slew Rate 40V/g sec. 

Dimensions Front panel: 19"Wx7"H, Chassis: 153"D 
(excluding handles, controls and connections) 

*These specifications comply with FTC requirements for power 

amplifiers. 

2500 INTERMODULAT ON D STORT ON is 8 OHMS, FULL POWER 49V RMS 

BOTH CHANNELS DRIVEN 
%IM 

.1 

.01 

.001 
30mW 100mW 300mW 1W 3W 10W 30W 100W 300W 

2500 TOTAL HARMONIC DISTORT ON C 8 OHMS, FULL POWER 49V RMS 

BOTH CHANNELS DRIVEN 

Reliability. The SAE 2500 gives you high current capability 
with Parallel -Series -Output Circuitry (PSO)-without loss of 
wide power bandwidth, low leakage current or super -high 
slew rate. Sixteen triple -diffused output transistors have an 
electrical and thermal SOA 50% higher than maximum design 
requirements for reliable high demand capability. This con- 
figuration can handle anything from continuous full signals 
to highly reactive surge loads-all day long without failure or 
overheating. Dual relay disconnect circuits and plug-in board 
design further assure reliable performance. 
Features. Feedback level controls assure a constant input im- 
pedance of 50k Ohms and reduce the noise figure to more 
than 100dB below rated output in all positions. Loudspeaker 
protection relay -activated circuit automatically disconnects 
speakers in case of ±DC outputs. Plus, direct power reading 
VU meters and forced air cooling. 
The SAE 2500 Professional Power Amplifier weighs only 58 
lbs. making it practical for portable sound reinforcement, 
public address, communications and recording applications. 

The professional alternative. 
` Á . 

Scientific Audio Electronics, Inc. 
P.O. Box 60271 
Terminal Annex 
Los Angeles, California 90060 

Please send me the reasons (including available literature) why the SAE 2500 

Professional Dual -Channel Power Amplifier is the "Powerful Alternative." 

Name 

Address 

.00 
20Hz 200Hz 2KHz 20KHz City State 7ip 
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disc, but the differential was relatively 
modest. 

The adoption of the quarter -track 
stereo format was a much needed 
stimulus to the open -reel tape mar- 
ket, but it was not without its prob- 
lems. First and foremost was that tape 
decks needed a playback head of the 
proper configuration to reproduce 
the new tapes. The tape machine 
manufacturers were quick to jump 
into the breach, but it still! was some 
time before large numbers of the 

units were in the hands of the con- 
sumers. Then there was the irksome 
problem of inter -channel crosstalk. 

To give an example, when playing 
stereo pair of tracks 1 and 3, the stereo 
pair of tracks 2 and 4 are going by the 
head backwards. If there is in- 
sufficient isolation between the pairs 
at an unfortunate juxtaposition, such 
that a pianissimo section is being 
played while a fortissimo section on 
the other pair of tracks is passing at 
the same instant, there will be leakage 

Many hi-fi enthusiasts bought a 
Crown DC -300A power amplifier 

because they were impressed 
by its performance specs, and 
by the quality of its "listening" 

performance. It was, for them, the 
"ultimate" amplifier. 

Why not do what they did? Com- 
pare the specs for the Crown 

DC -300A with those of any other 
amplifier. Compare the clean, 

DC -300A Stereo Amp 
155 watts per channel min. 

RMS into 8 ohms 
(1-20,000 Hz), no more 

than .05% total 
harmonic distortion. 

Fast playback coupon 
When listening becomes an art, 

pure DC -300A sound that comes 
from low -distortion circuitry and 
plenty of headroom. And espe- 
cially compare the DC -300A with 
its smaller relatives, the Crown 
D -150A and D-60. Same clean, 
pure sound, less power, but may- 
be just what you need. 
Use your own judgment. You 
could find your ultimate listening 
standard in Crown. 

D -150A Stereo Amp D-60 Stereo Amp 
80 watts per channel min. 32 watts per channel min. 

RMS into 8 ohms RMS into 8 ohms 
(1-20,000 Hz), no more (20-20,000 Hz), no more 

than .05% total than .05% total 
harmonic distortion. harmonic distortion. 

Send directly to Crown for fast info on amps. 

Name 

Address crown 
Box 1000, Elkhart IN 46514 A-1 

City 

State Zip 

and the sound of tracks 2 and 4 will be 
heard backwards, superimposed on 
tracks 1 and 3. 

Many people have thought that this 
crosstalk is the fault of the tape dupli- 
cation. In the earlier days of the quar- 
ter -track stereo format, the fault lay 
usually in the playback head, where 
the crosstalk was the result of a trans- 
former coupling phenomenon be- 
tween adjacent pairs of head stacks. 
Improvements in head design have 
eliminated most of this crosstalk prob- 
lem, but it still crops up in certain tape 
decks. A typical stereo playback head 
these days should have isolation be- 
tween channels of better than 50 dB, 
and providing the playback is not at 
very elevated levels beyond the usual 
domestic situation, crosstalk shouldn't 
be bothersome. 

Within two years after the adoption 
of the quarter -track stereo format, 
open -reel tape was prospering. Am- 
pex reorganized its operations and 
formed Ampex Stereo Tapes. Under 
this umbrella, Ampex turned out 
open -reel stereo tapes for a multitude 
of record companies. Many other 
companies independently produced 
open reel tapes. It is claimed that by 
1966, open -reel tape sales were run- 
ning at an annual rate of $36 million. 
In 1974, this figure had shrunk to 
about $2 million a year. What had 
happened once again to bring open - 
reel tape to this low estate? It is hard 
to say. Certainly there were continu- 
ous improvements in the stereo disc, 
which undoubtedly cut into tape 
sales. Probably, a lot of people were 
satisfied with the quality of the cas- 
sette format, especially when Dol- 
byized, and moved out of open reel. 
It must be admitted that, with all of 
the advantages of open reel tapes, the 
omnipresent and ongoing problem of 
tape hiss turned many people away 
from open -reel tape. 

Ampex addressed itself to allaying 
the hiss problem by coming up with 
better duplicating tape and more so- 
phisticated methods of tape proces- 
sing, as witness their Ampex 2 tapes 
and then their EX -Plus tapes. As read- 
ers of this column know, I long and 
loudly championed the idea of Dolby 
B processing for open -reel tape, and 
finally Ampex capitulated. Eureka! 
thought we had it made and the tape 
millenium had arrived. The first exam- 
ples of the Ampex Dolby B tapes were 
very promising with that old bugaboo 
tape hiss finally laid to rest. Alas, the 
ongoing program has been inconsist- 
ent. Some tapes are fine, others, while 
free of hiss, have other defects, most 
commonly what sounds like tape sat - 

Check No. 6 on Reader Service Card 
28 AUDIO APRIL, 1976 



If all loudspeakers were tested 
with a square wave, 

only one we know of would pass. 
0111 S. Our new Phase-LinkTM loud- 

speakers would pass this demanding test 
because they do not exhibit the phase 
distortion present in most conventional 
loudspeakers. Phase distortion is one of 
the reasons you do not see a square wave 
being used to test speakers; cartridges 
and amplifiers, yes, but not loudspeakers. 

Phase Distortion Explained. Phase 
distortion is heard as a blurred sound 
picture and prevents accurate localiza- 
tion of instruments. It is most noticeable 
in the low frequency range at higher vol- 
umes. It occurs in most conventional, 
multi -way loudspeakers at the crossover 
point, when the same note is being re- 
produced by two drivers. Because today's 
high quality loudspeakers have virtually 
solved the problems of frequency re- 
sponse as well as harmonic and inter - 
modulation distortion, the study and cor- 
rection of phase distortion is all the more 
important if you are to literally recreate 
the original performance. 

L- 

r 

LO 

I V 
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AUDIBLE "SULK OUT' 

LO SIB 

Diagram A. When drivers are placed in -phase, a 

problem of audible "suck out" is created. 

Our Research. At the 1973 AES con- 
vention in Rotterdam, two 
Bang & Oulfsen engineers, 
Madsen and Hansen, pre- 
sented a paper on audible 
phase distortion. This paper 
represented three years of 
concentrated research within 
which they developed an 
electronic crossover, tri -am- 
plified loudspeaker that 
allowed them to demonstrate three 
important facts: 1. Phase distortion 
did indeed exist in loudspeakers. 2. 

That it was audible. (Hundreds of 

Diagram B. A high qual ty conventional loudspeaker 
(left) and our new Phase -Link loudspeaker (right) 
reproducing a square wave. What happens to the 
square wave is what happens to music. 

hours of critical listening tests confirmed 
this.) 3. That it could be effectively elim- 
inated through sophisticated technology. 

Our Product. The experimental 
speaker developed by Madsen and 
Hansen was far too expensive to consider 
for distribution to the audio consumer. 
A practical solution had to be found. 

At this point Bang & Olufsen engineer, 
E. Baekgaard began his work with 
mathematical computer simulation. He 
discovered that the fixed phase shift, 
present in most conventional speakers 
(drivers alternated 180° out -of -phase) 
could be "cured" by placing all drivers 
in -phase. However, when this was done, 
an audible amplitude "suck out" was 
created (See diagram A.). It was to solve 
this problem that an additional narrow 
band filler driver-the Phase-LinkTM' 
Driver- was developed. Its compensat- 

Bang &Olufsen 

ing signal cured the amplitude "suck 
out" and the variable phase shift. It 
made the audible output of the loud- 
speaker virtually identical to the 
input-the square wave, for example. 

Another Refinement. Phase-LinkTM 
loudspeakers have their drivers 
mounted on a common acoustic axis 
so that the sound from each driver 
will reach your ears simultaneously. That 
is the reason for our slightly canted grill. 
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Diagram C. Our new Phase Link filler driver 
provides a compensating signal to eliminate 
"suck out" and variable phase shift. 

Your Listening Experience. The 
importance of our new Phase-LinkTM 

technology and square wave tests is of 
course determined by the fidelity of the 
music recreated by our speakers. It is 

your sensitivity to the accurate reproduc- 
tion of music that will give them their 
severest test. It is our technology which 
will insure they pass, for rarely has 
technology served music so well. 

Because the ear is sensitive to phase 
distortion mainly in the lower frequencies, 
Phase -Link is used between the low - 
frequency driver and the mid -range 
unit in the high power, 3 -way systems 
(M-70, S-60) but not between the 
mid -range and tweeter. In medium - 
power, 2 -way systems, one Phase -Link 
driver is used in 12dB/oct. filter 
combinations (S-45, P-45). Low -power, 
2 -way systems (S-30, P-30) do not 
utilize a Phase -Link driver but instead 
eliminate phase distortion through a 
sophisticated 6dB/oct. filter technique. 

Bang & Olufsen speakers include the 
M-70, shown on trumpet stand 
(supplied), three bookshelf models, 
the S-60, S-45, and S-30, and two wall 
panel speakers, the P-45 and P-30. 

Bang & Olufsen of America, Inc., 515 Busse Road, Elk Grove Village, Illinois 60007 
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uration and a compressed sound. A 
visit to Ampex in Elk Grove revealed 
that in production an automated tape 
level sensor was in use, and it is pos- 
sible the level threshold was set too 
high so that the red "no-go" light 
came on too late. Then there were 
Dolby B tapes, that in spite of this pro- 
cessing, still had tape hiss. This wasn't 
the fault of Ampex, since a number of 
Dolby A masters sent to them by their 
record company clients were not 
made from Dolby A originals, and 
therefore had the tape hiss of the 

"straight" originals. While Ampex was 
producing 8 -track cartridges and cas- 
settes by the skillion, open -reel sales 
continued to decline. Then there was 
a management reshuffling at Ampex 
Stereo Tapes, and, after a while, the 
announcement that Ampex was get- 
ting out of the pre-recorded tape 
business. At first it appeared as if Am- 
pex would continue to duplicate 
tapes, but have the business of selling 
and distributing the tapes handled by 
their record company clients. Al- 
though it is hard to find out what is re- 

ßOZAK QUALITY 
in room -sized 
pockges. 
Bozak realizes that it takes a room 
of generous proportions to take 
full advantage of the power avail- 
able from the Concert Grand, the 
classic speaker system against 
which all others have been judged 
for a quarter century. 

That's why Bozak makes com- 
pact speakers for conventional 
rooms. They are smaller than the 
Concert Grand, but each contains 
the identical component speakers 
found in that magnificent system; 
the only difference is in the num- 
ber of speakers used. 

Maybe the Minnesota Orches- 
tra wouldn't fit in your living room, 
but the Budapest String Quartet 
would. 

Your Bozak dealer will gladly 
let you hear the full line of com- 
pact Bozak speakers - Rhapsody 
with ample power -handling ca- 
pacity for all but the largest rooms; Tempo for your apartment living 
room, and Sonora for your library bookcase. We'll gladly send you his 
name. 

TEMPO, model 301 FD 
243/4" H, 141/2" W, 11'/2" D 

BOZAK, Inc. 
Box 1166, Darien, Connecticut 06820 
(203) 838-6521 

ally happening, it now appears that 
they will get out of open -reel proces- 
sing altogether. Period. I assure you 
that there are plenty of die-hard 
open -reel enthusiasts to whom this is 
very bad news indeed. 

Enter at this bleak moment, the firm 
of Barclay -Crocker, of 11 Broadway, 
New York. Tony Barclay and John 
Crocker are two enterprising gen- 
tlemen, who several years ago de- 
cided to go into the business of selling 
open -reel tapes exclusively. They 
published a catalog of open -reel 
tapes, and six times a year, a supple- 
ment of new releases and chatty infor- 
mation about music and tape matters, 
which they call Reel News. As you can 
imagine, with Ampex Stereo Tapes 
their principal supplier of product, 
the news of the imminent demise of 
the Ampex operation was a real 
shocker! After mulling over the situ- 
ation for awhile, and reasoning that 
there are an awful lot of people with 
open -reel tape machines, and that the 
sale of high -quality tape decks has 
been in an upward curve for some 
years now, they have courageously 
decided to go into the open -reel tape 
duplicating business themselves. 
Thus, they have purchased as a starter, 
an Ampex master playback unit and 
several slaves. They are lining up all 
their ancillary equipment such as Dol- 
by A Units and Dolby 320 B generator, 
etc. They are retaining the services of 
Harold Kovner, a well-known engi- 
neer versed in tape duplication pro- 
cedures, and Jerry Bruch, a recording 
engineer of considerable reknown, 
who has been associated with the fine 
Unicorn recordings. I have acted as a 
consultant to them in the initial set-up 
and will do the master evaluation for 
them. They are determined to run a 
ultra high -quality operation. For ex- 
ample, the duping tape will be the 
equivalent of Scotch 177 Dynarange 
or better. Then the running master 
will run at 60 ips and the slaves at 30 
ips, so the resultant 71/2-ips copies will 
be at a relatively low 2 -to -1 duping ra- 
tio and should be virtually in- 
distinguishable from the master. At 
present they are busy trying to line up 
the various record companies to con- 
vince them to enter agreements for 
the production of open -reel tapes. It 
is their intent to try for London, DGG, 
RCA, Columbia, Phillips, Vanguard, 
and Vox as their principal clients. 
Needless to say, more power to them! 
If they can maintain the stringent 
quality -control procedures they have 
imposed on their operation, open - 
reel tapes will have a new lease on 
life. 
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Photographed at 200X magnification with 1.5 grams t-acking force, 
you can see record vinyl being worn away. 

This iswhat happens 
every time you play a record. 

Photographed at 200X magnification with 1.5 grams tracking force, 
record shows no visible wear. 

This is what happens 
after you apply Sound Guard. 

Introducing Sound 
The first product ever that 

protects records against wear, 
without resulting loss in 

frequency response or fidelity. 
Every time you play a record 

you destroy some of its sound. 
Under 200X magnification you 

can see the stylus peeling flakes 
of vinyl off groove 
surfaces. You literally see 
sound being worn away. 

Until now, no product 
could protect records 

Sound 
Guard Sound 

Guard.. 

Record 
Preservation 
Kit 

against wear without interfering 
with sound fidelity. 

An answer 
from outer space 

From Ball Corporation 
research into dry lubricants for 
NASA's Orbiting Solar Obser- 
vatories came a new technology, 
one derivative of which is now 
known as Sound Guard? 

Applied with a non -aerosol 
pump sprayer and buffed with a 
velvet pad (both provided), 
Sound Guard molecularly binds 

itself to the groove surfaces to 
substantially reduce wear. 
(The film thickness is less than 
0.000005': ) 

Unlike sticky silicones, it is 
dry with a built in anti -stat. 

But does Sound Guard ad- 
versely affect frequency response 
or fidelity? For conclusive proof, 
we asked the most respected of 
the independent audio laboratories 
for an exhaustive evaluation. 
Their results were astonishing! 

Test results 
1. The application of 

Sound Guard 
to a stereophonic 

or CD -4 quadra- 
phonic disc 
does not in any 

way degrade 
audible frequency 

response. 
2. Sound Guard increases the 

life of the records by significantly 
reducing record wear. 

3. Sound Guard significantly 
retards increases in random noise 
content (surface noise) and total 
harmonic distortion caused by 
repeated playing. 

4. Records treated with 
Sound Guard do not attract dust 
as readily as untreated discs. 

A 12 -page report of the com- 
plete test results will be mailed 
with every order. 

TM V`i 
Like it or your money back 
As of now, the only way you 

can buy Sound Guard is by order- 
ing direct. Just fill in the coupon 
(or write: Sound Guard, 
P.O. Box 3300, Muncie, IN 47302) 
and enclose your check or money 
order payable to Sound Guard. 
$5.99 for one Sound Guard kit plus 
$1.00 for postage and handling. 

For two or more kits, pay 
$5.99 each and we'll pay postage 
and handling. If not satisfied, re- 
turn the unused portion and we'll 
refund your money or replace 
the product at your option. 

Sound Guard keeps your good 
sounds sounding good. 

Turntable used: Empire Model 598III. r Sound Guard 
P.O. Box 3300, Muncie, IN 47302 

Yes, I'm interested in Sound Guard. 
Please send me one Sound Guard 

kit. I am enclosing a check or money 
order for $6.99 ($5.99 plus $1.00 
for postage and handling). 

Please send me Sound 
Guard kits. I am enclosing a check or 
money order for ($5.99 each 
kit-postage and handling free). 
Make check or money order payable 
to Sound Guard. 

Name 

Address 

City State Zip 
(please print clearly) AU -4 

*Sound Guard is Ball Corporation's 
trademark for its record preservative. 
©Copyright Ball Corporation, 1976. 



Underotanding 
The flAB EGA 5tandard 

Herman Burstein 

THE CURRENT National Association of Broadcasters 
(NAB) Standard for Magnetic Tape Recording and 
Reproducing (Reel -to -Reel) appeared in April 1965. 

Although more than 10 years have passed, the nature of 
standard tape equalization tends to remain obscure and im- 
perfectly understood. I gather this both from audiophiles' 
questions and statements that are made in some of the pop- 
ular periodicals devoted to audio. 

Such misunderstanding is partly due to the complexity of 
the subject, which entails the velocity characteristic of the 
playback head; gap loss, electrical losses, resonance effect, 
and contour effect of the playback head; electrical losses of 
the record head; magnetic losses of the tape; surface in- 
duction of the tape; magnetic flux entering the core of the 
playback head; maximization of signal-to-noise ratio; min- 
imization of distortion, and achievement of flat record -play- 
back response. 

Misunderstanding is also due to the indirect and piece- 
meal manner in which the equalization standards are 
presented. The playback curve in the 1965 Standard is visual- 
ly much different than the playback curve ordinarily shown 
in the popular audio periodicals, although one is trans- 
latable into the other. The 1965 Standard shows a playback 
curve with apparent treble boost and bass cut, whereas the 
curve popularly shown has treble cut and bass boost. To put 
the entire NAB equalization standard together, one has to 
hunt through various sections of the 1965 Standard, in- 
cluding footnotes. One finds only hints, rather than a 
straightforward statement, that record -playback response 
should be flat (within certain tolerances). 

Presumably an understanding of standard tape equal- 
ization is desirable to the aduiophile, perhaps as knowledge 
in itself and perhaps to assist him in the use, modification, 
and even construction of tape equipment. To provide this 
understanding, we shall assume operation at a standard 
speed of 71/2 ips. In principle, what is said about 71/2 ips ap- 
plies to other speeds, except for differences in amount of 
frequency losses and therefore in equalization required. We 
shall also assume operation at "normal bias" for a given 
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Fig. 1-Typical unequalized record -playback response of a 
tape deck at 71/2 ips. 

10K 20K 

recording tape-the tape recommended by the tape deck 
manufacturer and/or chosen by the user. Normal bias is ap- 
proximately that which minimizes distortion in recording. 

Unequalized Record -Playback Response 
First we require a clear understanding why equalization is 

needed. Therefore, Fig. 1 shows the typical unequalized 
record -playback response of a high -quality tape deck at 71 
ips, using good tape, with normal bias for this tape. Al- 
though input to the deck is flat-constant amplitude for all 
frequencies in the audio range-output is anything but flat. 
Output rises steadily until about 4,000 Hz and soon after 
drops quite abruptly. 

Ideally, record -playback response should be flat (or near- 
ly so), represented by a horizontal line throughout the au- 
dio range. Clearly, bass boost and treble boost are needed 
to restore flat response. 

Departure of an unequalized tape system from flat re- 
sponse is largely explained by two factors: (1) rise in output 
of the playback head as frequency increases; (2) serious 
treble losses on the tape owing to magnetic phenomena. 

These and other factors are examined in the next two sec- 
tions, which respectively deal with playback "losses" and 
record "losses." We put the term losses in quotes to draw 
attention to the fact that, like the NAB Standard, we will use 
it in both a positive and negative sense: Losses include gains 
as well as declines in frequency response. In other words, 
losses designate both upward and downward deviations in 
response. 

Playback Losses 
In playback, the chief deviation from flat response is due 

to the playback head being a velocity device. As such, it pro- 
duces steadily rising output voltage in response to a flat in- 
put signal (constant magnetic flux in the core of the head). 
This rise, illustrated by the solid line in Fig. 2, amounts to 60 
dB over the audio range of 20 to 20,000 Hz. 

A velocity device is one whose output voltage is propor- 
tional to the number of changes per second in a magnetic 
field. For a playback head, the changing magnetic field is 
due to the signal recorded on the tape. In short, head out- 
put is proportional to signal frequency (assuming all fre- 
quencies are recorded so as to produce equal flux in the 
core of the head). Thus, if frequency doubles, voltage out- 
put of the head doubles. One octave represents a doubling 
of frequency, while 6 dB represents a doubling of voltage. 
Therefore, as in Fig. 2, playback head output tends to stead- 
ily rise 6 dB per octave. (More accurately, output rises 6.0206 
dB per octave, or exactly 20 dB per decade, on 10 -fold rise in 
frequency such as from 100 to 1,000 Hz.) 

A steady 6 -dB -per -octave rise characterizes an ideal play- 
back head-one with no deviations from Fig. 2. However, a 
practical head displays some irregularities. For a high -quality 
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Charles Barker on the Bose Model 301 
Direct Energy Control. 

"When the Model 301 
project came into the engineer- 
ing department, our goal was 
to design a bookshelf speaker 
with minimal placement con- 
straints, that sold for less than 
$100, yet had the unique spa- 
tial qualities characteristic of 
the Bose 901® and 501 Direct/ 
Reflecting® speakers. 

"Initially, two quite uncon- 
ventional design concepts 
evolved. First, we deliberately 
operated the woofer and 
tweeter simultaneously over a 
significant portion of the mid- 
range. This Dual Frequency 
CrossoverlM network gave us 
very smooth midrange re- 
sponse and an open spatial 
quality. 

"Second, we perfected a 
very precise asymmetrical 
configuration, with the woofer 
radiating straight ahead, and 
the tweeter angled to the side, 
to reflect sound off the room's 
side wall and into the listening 
area. From our experience 
with the Bose 901 and 501 

speakers, we knew that this 
combination of direct and re- 
flected sound would give us 
the open, spacious sound we 
wanted. 

"At this point, we felt we 
had an extraordinarily fine 
loudspeaker. But we were also 

aware of a problem. Since this 
design relied on side wall 
reflections to maintain its 
spacious sound, what happens 
in a room with no convenient 
side wall? 

"We felt this was a crucial 
problem, since we wanted this 
speaker to sound very good in 

any iistening room. 
"The solution was the 

Direct Energy Control - an 
adjustable deflector in front of 
the tweeter and hidden behind 
the grille. The Control can be 
set to reflect sound off a side 
wall, or, if there is no side wall, 
it can deflect high frequency 

sound back toward the center 
of the room, so energy balance 
is maintained in the listening 
area. 

"Beyond that, the Control 
lets the listener adjust the 
spatial qualities of the speaker 

for different types of music: 
very spacious for an orchestra, 
or a much more intimate sound 
for a soloist. 

270. 25-20- 

80° 

The solid line is the polar characteristic 
for the Model 301 with the Direct Energy 
Control set for maximum direct energy and 
a more intimate sound. The broken line is 

the polar characteristic with the Control 
set for maximum reflected energy and a 

more spacious sound. Frequency is 8 kHz, 

bandwidth is 1/3 octave. 

90. 
5-%0-45 

"The Direct Energy Control 
is deceptively simple: of all the 
things we did in the Model 301, 
it's the one I get most excited 
about, because I've seen how 
people react when they hear 
the unique dimension 
it produces in a 
speaker priced 
under $100." 

The Mountain, 
Framingham, Mass. 01701 

Patents issued and pending. 
Fora full color brochure on the Model 301, 

write: Bose, The Mountain, Framingham, Mass. 
01701. 



head operating at 71 ips, the irregularities are quite minor 
and are as follows. 

1. Treble Loss Due To Gap Width. Modern playback 
heads have gaps as narrow as 4 microns (.000160 in.) or less, 
sometimes approaching 1 micron (.000040 in.). A useful for- 
mula for approximating playback head response before gap 
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Fig. 2-Response of an ideal 
magnetic flux in its core. 
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Fig. 3-Typical response of a practical playback 
constant magnetic flux in its core. 
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Fig. 4-Typical record losses at 71/2 ips. 
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loss becomes appreciable is f = 0.85S _ 2G, where f is fre- 
quency in Hz, S is tape speed in ips, and G is gap width in 
inches. Substituting 7.5 for S and 0.000160 (4 microns) for G, 
we find that f is about 20,000 Hz. If the gap is appreciably 
narrower than .000160 in., significant treble loss owing to the 
gap does not occur until well above 20,000 Hz. Therefore, in 
the case of a high -quality playback head operating at71/2ips, 
gap width accounts for negligible deviation from Fig. 2. (The 
horizontal dimension of the gap is usually called gap width 
in the popular literature and gap length in the technical lit- 
erature, such as the NAB Standard.) 

2. Electrical Treble Losses. These are largely due to hys- 
teresis and eddy currents in the core of the playback head, 
and to winding capacitance of the head. Partially offsetting 
these is a resonance effect due to the head capacitance in 
series with load capacitance. For a well -made playback head 
in a well -designed circuit, the net electrical loss tends to be 
very little within the audio range, perhaps in the vicinity of 1 

to 3 dB at 20,000 Hz. 
3. Bass Rise Due To Contour Effect. As frequency de- 

clines, wavelength of the signal recorded on the tape grows 
longer. (Wave length is tape speed divided by signal fre- 
quency, or inches of tape per audio cycle.) As recorded 
wavelength increases, the entire playback head (not only 
the gap) reacts to the tape's magnetic field, augmenting re- 
sponse. Thus, the output of the playback head tends to rise 
in the bass region relative to the theoretical, or ideal, re- 
sponse slope of 6 dB per octave. The nature and extent of 
this relative rise in bass depends in part upon the angle at 
which the tape approaches and leaves the head. Sometimes 
the effect of this angle is separately identified as the "wrap 
effect." However, we can conveniently combine all these 
phenomena under the single term "contour effect." For a 
well -designed playback head in a well -designed transport, 
the contour effect tends to be moderate-resulting in some- 
thing like 3 dB relative bass boost at 50 Hz. 

Altogether, for a flat signal input, the irregularities in out- 
put of a high -quality playback head cause it to deviate very 
little from the ideal response of Fig. 2. In other words, for 
constant magnetic flux in the core of the head, output 
would typically be about that of Fig. 3. Here the response 
rises 6 dB per octave through most of the audio range, but at 
a slightly slower rate in the low bass and in the high treble 
owing to the contour effect, gap loss, and electrical losses. 

Record Losses 
Figure 4 compares the response of a practical playback 

head with unequalized record -playback response. The dif- 
ference between the two curves is due to losses in record- 
ing. Playback head response assumes constant magnetic flux 
in the core of the head owing to a flat signal on the tape. 
Unequalized record -playback response reflects the actual 
signal on the tape-one that embodies vast treble losses. 

Depending upon the kind of tape employed and the 
amount of bias, the treble losses in recording may vary 
somewhat from those shown in Fig. 4. Typically, however, 
they total around 30 dB at 20,000 Hz at 71/2 ips. (They are ap- 
preciably smaller at 15 ips and appreciably larger at speeds 
below 71 ips.) In order of importance, following are the 
factors that cause record losses. 

1. Self -Demagnetization. Frequencies recorded on tape 
are in effect a series of bar magnets oriented lengthwise on 
the tape; each bar magnet corresponds to a half -cycle. The 
opposing north and south poles of a bar magnet tend to 
cancel as the bar becomes shorter. With increasing frequen- 
cy, the recorded wavelength (tape speed divided by fre- 
quency) becomes shorter, thus the bar magnets become 
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The attitude is consistent. 
High fidelity engineering, to 

justify its name, has one goal: to 
reproduce music in the listening 
room with unqualified accuracy. 
Undistorted. Undiminished. 

At Harman Kardon, we explore 
new technical directions not solely 
for their inherent challenge, but as 
methods of predicting and improv- 
ing music quality. 

Specifications are supposed to 
serve the function of predicting 
performance. Yet two competitive 
instruments with exactly the same 
set of conventional specifications 
often sound vastly different. Ob- 
viously, the reasons for this differ- 
ence lie elsewhere. Conventional 
specifications are necessary. 
Necessary, but not sufficient. 

Our 730 receiver meets speci- 
fications equalling or surpassing 
those of the finest individual com- 
ponent units. Yet it achieves a 

quality of transcendent realism 
which these specifications alone 
cannot explain. 

To predict musical accuracy, 
we have found it necessary to go 
beyond conventional specifica- 
tions. We test, rigidly, for square 
wave response. We monitor, 
strictly, slew rate and rise time. 
These tests account for the sound 
quality of the 730-not in place 
of conventional specifications, 
but beyond them. 

The 730 goes beyond the 
conventional in other ways. It is 
driven by two complete, discrete- 
ly separate power supplies, one 
for each channel. Even when 
music is extraordinarily dynamic, 
the energy drawn by one channel 
will in no way affect the other. The 
music surges full. Unconstrained. 

Any fine tuner measures signal 
strength. The 730 incorporates a 

patented system which measures 
not strength, but signal-to-noise 
ratio. As a result, it can be tuned to 
the precise point where the signal 
is purest for listening or recording. 

Equally important, the twin - 
powered 730 has all the basic de- 
sign elements that identify it as a 
Harman Kardon instrument: wide 
bandwidth, phase linearity, ease 
of operation and a wide range of 
input and output elections. 

All of this suggests further dis- 
cussion. If you are interested in 
such an exploration, please write 
us (directly, since we imagine 
you are impatient with coupons 
and "reader service" cards, and 
so are we). We'll certainly write 
back, enclosing a brochure also 
unconventional in its detail. 
Just address: The 730 People, 
Harman Kardon, 55 Ames Court, 
Plainview, New York 11803. 



The expression is new. 
SPECIFICATIONS 

Power Output 

Power Bandwidth 

Frequency Response 

System Rise Time 

System Square Wave Tilt 

Total Harmonic Distortion 

Intermodulation Distortion 
(40 watts-SMPTE) 

Intermodulation Distortion 
(1 weft-SMPTE) 

System Hum and Noise 

Damping Factor (1 kHz (a 1 watt) 

Power Amplifier Input Sensitivity 

Power Amplifier Input Impedance 

Power Amplifier S/N (40 watts) 

Power Amplifier 
Square Wave Rise Time 

Preamp Input Sensitivity 
a. Aux 
b. Tape Mon. 
c. Phono 

Preamp Input Impedance 
b. Tux 
b. Pape Mon. 
c. Phono 

Preamp Input S/N 
a. Aux 
b. Tape Mon. 
c. Phono 

Preamp Hermonlc Distortion 

Crosstalk 
a. Aux 
b. Tape Mon. 
c, Phono 

ha rman/kardon 

40 Watts Min. RMS per 
channel both channels 
driven into 8 ohms 
from 20Hz to 20kHz, 
with < 0.1% THD. 

From 10Hz to 40kHz at 
< 0.1 %THD into 8 ohms. 
both channels driven 
simultaneouslyat 
20 watts per channel. 

4Hz-130kHz2.-0.5 dB 

1 Sµsec 

<5% 

<0. 1% from 250 milli - 
watts to 40 watts RMS. 
both channels driven 
simultaneously into 
8 ohms, 20Hz to 20kHz 

<0.12% 

<0.15% 

Better than 60 dB below 
rated output (unweighled) 

>30 
<1 2V 

33 kilohms 

>90 dB 

<1.5µsec 

<150 mV 
<150 mV 
<2.5 mV 

30 kilohms 
30 kilohms 
47 kilohms 

> -75 00 
>-75dB 
> -67 dB 

<0.15% 

- 47 dB 
-47 dB - 37 dB 

Preamp Output Impedance 

Phono Overload 

RIAA Equalization 

Tone Control Action 
a. 50Hz 
b. 10kHz 

Contour Effect (50Hz) 

High Cut Filter (10kHz) 

Low Cut Filter (50Hz) 

FM Sensitivity 
a. IHF 
b. -50 dB (mono) 
c. -50 dB (stereo) 

Ultimate S/N 

Capture Ratio 

Image Rejection 

Spurious Response Rejection 

IF Rejection 

AM Rejection 

Alternate Channel Selectivity 

Multiplex Separation (1 kHz) 

FM Harmonic Distortion (1 kHz) 
a. Mono 
b. Stereo 

Pilot Suppression 

De-Emphasls 

Mute Level 

Mute Suppression 

Stereo indicator Threshold 

Audio Output 

AM Sensitivity 

AM Signal for 1 watt Output 

AM Selectivity 

Alternate Channel Selectivity 

Image Rejection 

IF Rejection 

Hum 

600 ohms 

>95 mV 

-01.0 dB 

x12dB 
+12dB 
+10dB 

- 10 dB 

-6dB 

1 9µV 
3.59V 
35µV 

-70dB 
2dB 
-80 dB 

-80dB 
- 90 dB 

- 60 dB 

80 dB 

40dB 

03% 
04% 

- 55 dB 

75µsec 

Variable 

-65 dB 

<3% 
>6% 

05V 

>250µV1m 

<150µVrm 

35dB 

55dB 

- 75 dB 

-60 dB 

-40 dB 
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20,000 Watt 
Home Hi-Fi 

Richard S. Burwen 
Burwen Laboratories 

12 Holmes Road 
Lexington, Mass. 02173 

Every audiophile has sometimes fantasied about the components he'd get if 

he had unlimited funds, the most knowledgable design engineers to serve 

him, and a couple of highly qualified technicians for construction and in- 

stallation. But that's where it ends for most of us-as an occasional fantasy. 

Not, however, for space/electronics engineer Richard S. Burwen of Burwen 

Laboratories, Lexington, Mass. Although his primary professional activity un- 

til recent years has been circuit design in many fields outside of audio, Dick 

Burwen can (and has) indulged himself, audiowise, as probably no one else 

in the world has been able to. His incredibly elaborate home listening and 

recording system not only includes many of the best commercially -available 
components, but numerous facilities which can't be purchased anywhere, at 

any price. These are available only if you happen to be one of the most in- 

ventive audio engineers of the day, Richard S. Burwen. Recently we took a 

guided tour of his home system. His description of it follows-Editor. 

THIS EQUIPMENT has taken 
about 12 man-years to design 
and build, starting as far back 

as 1962. My objective is to produce 
the maximum entertainment value 
from prerecorded program sources 
and from live recordings. The room 
and equipment are des gned for re- 
production over five speaker systems 

Above left: Richard S. BLrwen 
relaxes at the controls 
of his incredibly elaborate 
home listening and recording system. 
Below left: Taken from just behind 
the main listening area, 
this photo shows the three horns 
which make up the front channels. 
Below: Burwen's laboratory 
is also very well equipped. 

at the original live sound levels and 
with more than 100 dB dynamic range. 

Playback System 
Mounted in the racks are signal 

processors for recording and playback 
which are normally separate but can 
be interconnected; you can get an 
idea of the functions of the playback 
portion of the system from the block 
diagram. We start with the Program 
Selector switch panel which selects 
various program sources. Among the 
six tape machines I have a four -chan- 
nel 1/2 -in. 3M machine, a four -channel 

1/4 -in. Sony TC -854-4, two quarter - 
track stereo decks, a cassette changer, 
and a half-track '/,-in. stereo machine. 
All of these decks have had their elec- 
tronics somewhat redesigned and, 



although their performance is quite good, they still need 
more rebuilding. For broadcast reception I have a Fisher 
10007 FM tuner here in the listening room and a 5001 receiv- 
er in the master bedroom which sends signals to the selector 
switch. These receivers have been used together in past 
years when the Boston Symphony broadcasts were available 
in four channels via two stations combined. There is also a 

National HRO 500 for AM and shortwave reception con- 
nected to a 400 -ft. long wire antenna via a special pre- 
amplifier and there is a Motorola TV receiver. All the receiv- 
ers have been modified to provide higher quality audio. In 
addition, the FM tuners each feed through complex active 
notch and low-pass filters to completely remove the 19 -kHz 
stereo subcarrier and ultrasonic frequency components 
without attenuating the higher audio frequencies. 

The two Dual 1019 turntables have phono cartridge pre- 
amplifiers built into their bases. These preamplifiers are in- 
dividually equalized to provide flat response on an NAB test 
record when using JVC CD -4 phono cartridges. The two 
phono preamplifiers then feed into a two -channel phono 
mixer which provides input and output buffering for a CD -4 
demodulator. 

The Program Selector switches provide five stereo outputs 
from the previously mentioned sources as well as the 
Recording Mixer and 15 spare input jacks distributed 
around the studio. In addition, the Program Selector switch- 
es can connect four Burwen Labs Model 2000 Audio Proces- 
sors'.2to the various tape machines and the phono mixer for 
decoding tapes recorded through the Audio Processors and 
also experimental encoded records. 3 

Following the Program Selector switches is a pair of three 
channel Stereo Control Systems. These units, which provide 
signal mixing and equalization for Lows, Bass, Middles, 
Trebles and Highs, were described in the October 1974 issue 
of Audio.' When construction of the system began, three 
channels were planned and several of the playback proces- 
sors are three -channel units. For four or five channels one 
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Stereo Control System is normally used for the front and the 
other for the rear. 

Connected into the front Stereo Control System is a series 
of signal processors, each of which can be bypassed. The 
first is a 250 Hz to 4 kHz Dynamic Noise Filter for processing 
telephone and shortwave signals. This unit can be switched 
to the incoming telephone lines via an active transformer 
and was the developmental predecessor of the Burwen Lab- 
oratories Model 1500D Dynamic Noise Filter. Next, the sig- 
nal passes through my original three -channel Dynamic 
Noise Filter. 5This unit incorporates notch filters to get rid of 
various hum components and provides 6-, 12-, or 18- 
dB/octave cutoffs which can be either fixed or varied by the 
signal. Currently, this unit is undergoing modification to in- 
corporate some of the latest advances in the art of dynamic 
filtering. 

Following the lab model DNF, the signal goes through a 

three -channel volume expander -compressor. This unit ex- 
pands or compresses on a variable dB/dB basis over a 30 -dB 
input range and has a continuously variable decay time ad- 
justment. In contrast with the usual volume expanders 
which have flat response controllers, this unit incorporates 
bass boost in its controller to emphasize the beat in popular 
music and heavy crescendos in classical music. After the ex- 
pander -compressor, the signal is processed by a three -chan- 
nel half -octave equalizer having 22 control frequencies. 
Each frequency can be boosted or attenuated in 2 -dB steps 
and the three channels are accurately ganged to within 0.2 
dB. In combination with the tone controls on the Stereo 
Control unit and the 6-, 12-, and 18-dB/octave cutoffs in the 
three -channel Dynamic Noise Filter, just about any useful 
frequency response curve can be attained with all three 
channels matched. 

Connected into the rear Stereo Control System is a Bur - 
wen Laboratories Model 1000 Dynamic Noise Filter 6having 
modules for three independent channels. In addition, one 
of the new Burwen Labs Model EQ3200 Frequency Extend - 
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Fig. 1-Block diagram of playback system. 
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er -Equalizers is ready to install for processing the rear chan- 
nel signals. The signal levels of the Stereo Control System 
are monitored by a three -channel peak VU meter. This in- 
strument will take a reading in as short a time as 20 µS and 
will hold the reading for an hour so you don't have to stand 
around watching it. You can simply come back later and see 
what the highest peak in the program was. 

On the table to the right of the rack is a set of Burwen Dy- 
namic Noise Filters which are used for demonstration pur- 
poses. There is a professional Model 1500D for telephone 
lines, a Model 1500A for network use, and a Model 1100 in- 
dependent channel unit for general purpose high fidelity 
applications. On top is our early Model 1200 consumer unit 
and the current Model 1201. These are all connected in 
series and can be switched into the front Stereo Control Sys- 
tem. 

Another device whose output can be selected by the Pro- 
gram Selector switches is a Stereo Decoder. The Decoder 
has 145 potentiometers on the front panel including 20 10 - 
turn digital pots. I can set up any matrix I want, such as QS or 
SQ, on the digital pots, test it out, and then set it up per- 
manently on the screwdriver adjustment pots. The system 
allows me to switch in any of six combinations and is used 
not only for quadraphonic records but for producing vari- 
ous surround effects from one- and two -channel records. 
The system has phase shifters in it which provide left and 
right signals at 270° and 180°. These may be added in any 
combination to produce a five -channel output. 

The main outputs of the three -channel Stereo Control 
System feed both the three -channel Mixer and Bass Blender 
and the Speaker Control System. The Mixer will accept 
three three -channel stereo signals, mix them together, and 
blend the bass below 60 Hz so that all the woofers are work- 
ing in unison. This enables the system to produce more bass 
power with less distortion. In addition, it cancels vertical 
turntable rumble. 

The Speaker Control unit permits monitoring of the play- 
back signal from various parts of the sound system in one, 
two, three, four, or five channels. For example, you can se - 

Fig. 2-Front view of speaker control. 

lect the outputs of the Stereo Decoder, the Stereo Control 
System, the three -channel Mixer -Bass Blender, and the out- 
puts of the Model 2000 Audio Processors. The record sec- 
tion of the Speaker Control System allows monitoring of the 
various parts of the record mixer, which we will get into lat- 
er. The construction of this unit is typical of the more re- 
cently built equipment. The gain controls consist of high - 
quality, five -gang step switches, having 1 -dB steps over a 30 - 

dB range. All the resistors that determine the gain are 1% so 
that the channels are very accurately matched. The unit in- 
corporates about 50 Burwen Laboratories UM201 Universal 
Mixing Amplifier modules to perform amplification and 
mixing functions. The continuously variable faders, which 
are ganged for five channels and for two channels, consist of 

precision conductive plastic types. On the rear there are 65 
BNC jacks for the audio signals plus four- and five -pin audio 
connectors for power and crossover outputs. Units in the 
rack are generally interconnected by means of RG62U co- 
axial cable with BNC plugs and the racks are quite full of ca- 
bles for this use. 

Fig. 3-Rear view of speaker control. 

The performance specifications of the Speaker Control 
system are typical of most of the specially built equipment. 
Each chassis must have less than 0.1% total harmonic dis- 
tortion at unity gain and 7-Voutput at any frequency from 15 
Hz to 20 kHz and be flat within 0.1 dB. The dynamic range 
ahead of the record or playback level controls is over 115 
dB. Since this particular unit feeds the active speaker crosso- 
ver networks, extremely low noise is required when the 
speaker level controls are turned down. Under this condi- 
tion the noise output is only 2 EN or 130 dB below maximum 
output. It might seem that this noise is lower than needed 
but bear in mind that at maximum output the system can 
clip 10 dB beyond producing 20,000 watts equivalent level. 

Speakers and Crossovers 
Each of the five speaker horns is 13 ft. deep and has about 

64 sq. ft. of mouth area. The horns are conical, in preference 
to exponential, in order to produce a gradual low frequency 
rolloff, instead of a sharp cutoff. As it turned out, due to re- 
inforcement from the room, the average low frequency re- 
sponse on one-third octave noise bands is flat down to 16 Hz 
without equalization. Each speaker horn contains 30 Cer- 
win-Vega tweeters, a midrange horn with two JBL 2440 
drivers, and two Empire 16 -in. woofers. In addition, the left - 
front and right -front horns have two 24 -in. Cerwin-Vega 
woofers mounted on the doors. These woofers are equip- 
ped with feedback windings to linearize their acoustic out- 
put over their range. 

The rear speakers, which are shown diagrammatically in 
the room plan, point towards the rear of the room so as to 
provide reflected sound. At the principal seating position on 
the sofa, the time delay from the rear speakers, including 
the reflection, is about the same as the time delay from the 
front speakers. Thus, an electronic time delay system is not 
required. 

As you can see from the room plan, the storerooms be- 
tween the front speakers constitute a 200 -cu. -ft. back en- 
closure. The rear speakers vent into the room at the ceiling 
level in the manner of a bass reflex speaker. In the case of 
the right -rear speaker, the venting permits the use of a 30 - 
in. exhaust fan located in the garage above. The entire room 
is solidly constructed of concrete, cinder block, and extra 
heavy plaster. Although the horn walls are made of 4 -in., 
filled cinder block, I am amazed at how much these can 
vibrate. If I were to build a room like this again, I would use 
8 -in. thick walls. The ceiling is wavy so as to diffuse the 
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TANDBERG 
10XD bridges the gap between consumer 
and professional tape recorders. 
Meet the world's first and only 10/2' reel tape recorder that operates at 15 ips and combines 
Tandoerg's inique Cross -Field recording technique with the world-famous Dolby* B system. 
Result: A guaranteed minimum signal-to-noise ratio of 72 dB, measured on a 4 -track machine 
using I EC A -weighting. Simply pu:, the 10XD complete;y eliminates audible tape hiss! 

Hare are some of the many sophisti- 
cated features that make the 10XD the 
finest tape reccrde-Tandberg has ever 
built: 

3 speeds: 15, 7, 33/4 ips. Electron- 
cally selected 

3 motors; Hall -effect capstan motor 
.3 heads; plus separate bias head 
Electronic servo speed control 
Electronic logic mode controls, 
ncluding photo optics 
Electronic balanced microphone 
nputs 
Echo, sound -on -sound, editing, 
A and B tests 

*Dclby isatrademark Df Dolby Labora:ories. Inc 

Pea.< reading meters 
Direct transfer from playback to 
record (flying star) 
Ferrite playback head with symmetri- 
cal balanced output for hum cancel- 
ling purposes and differential 
playback amplifier. 

Remote control and rack mount 
optional. Pitch control by special order. 

Fora complete demonstration of this 
remarkable new advance in stereo 
tape recording, see yourTandberg 
dealer 

Tandberg of America, Inc., Labriola Court, Armonk, N.Y 

A. Allen Pringle Ltd., Ontario, Canada 

Check No 38 on Reader Service Card 



sound, and the low points of the ceiling conceal heavy steel 
beams which support the house above. Optimum sound ab- 
sorption occurs due to the upholstered furniture, books, 
records, and two 4 ft. by 20 ft. panels on each side wall. 
These panels consist of a sandwich of plastic on acoustic tile 
on cinder block. They absorb middle frequencies while re- 
flecting high and low frequencies. 

To drive the speakers there are a total of 17 Phase Linear 
400 amplifiers, 11 of which are located in the storerooms at 
the front and three are located in each of the rear horns. 
Each woofer, midrange horn, and set of 9 or 12 tweeters is 
driven from one 200 -watt amplifier channel. With the elec- 
tronic crossover at 50, 400, and 5,000 Hz ahead of the ampli- 
fiers, the speakers can produce the same sound level that 
would be produced by a single 20,000 watt amplifier. The 

Fig. 4-Room in back 
ear 400 amplifiers. 

crossover network for the front speakers is located in the 
storerooms between speakers, and the crossover for the 
rear speakers is part of the Speaker Control panel. The 
crossover filters utilize UM201 modules to produce 6-, 12-, 
18-, and 30-dB/octave cutoffs for the various drivers. In ad- 
dition, the crossover provides equalization to flat acoustic 
response. In designing and adjusting the crossover net- 
works, I used one-third octave noise measurements based 
on a six microphone average of omni-directional micro- 
phones for low frequencies and an average of two cardiods 
located in front of the left -front and right -front horns for 
the high frequencies. The microphones used for adjusting 
the crossover frequency response are the same ones used 
for making recordings here; so the entire system is flat. On 
one-third octave noise bands, it measured flat within 1 1 dB 
from 15 Hz to 20 kHz. Nevertheless, I find that when repro- 
ducing much of the prerecorded program material available 
I use from 3 to 30 dB of low frequency boost. 

When you have a high-powered sound system like this, 
one of the difficult problems to solve is to keep from blow- 
ing out 169 speakers at once. That is the reason for having so 
many speakers in the first place. The tweeters are wired 
three in series so that each can receive only 1/3 of the ampli - 

of front speakers holds the Phase Lin - 

fier output voltage. All the speakers can handle the clipping 
levels of their respective amplifiers without mechanical 
damage. Nevertheless, during sustained clipping the voice 
coils can get too hot. To prevent overheating, there is an 
elaborate speaker protection system in each of the rear 
horns and one for the three front horns. The protection sys- 
tem has a total of 34 channels, each of which measures the 
amplifier power output, computes the voice coil temper- 
ature, and disconnects its speaker with a relay before the 
voice coil gets too hot. The same system eliminates turn -on 
and turn-off thumps. In over a year of operation there has 
been no damage to any of the speakers. 

You may wonder why it takes so much power to feed such 
efficient speakers. I have found that when reproducing a 

live drum set out of any one of my five horns at the original 
sound level, the peaks can reach within 3 to 6 dB of the clip- 
ping level when the drummer is playing as loud as he can. 
For prerecorded music, however, much less power is need- 
ed because the high peaks are clipped off during the 
recording process. 

Automatic Color Lighting System 
The electronics for the color lighting for the front horns 

consists of a four -channel silicon -controlled rectifier a.c. 
phase controller capable of delivering 20 A at 115 V on each 
channel. Three channels are automatic, and the lamps are 
now switched so that the bass is red, middles are purple, and 
the highs are yellow. The control system receives its signals 
from the front speaker Stereo Control unit. Lamps can be 
switched to change the colors versus frequency and to 
change colors with location of the sound. It works much 
more slowly than conventional color organs so the lights do 
not flicker and cause annoyance after a few minutes of 
watching. The attack time is about 50 mS but it takes about 
20 S for the light to decay, light intensity is proportional to 
loudness. 

Recording System 
When making live recordings I generally record simulta- 

neously on two four -track machines and one two -track ma- 
chine. All my tapes are recorded in encoded form using the 
Burwen Labs Model 2000 Audio Processor and then played 
back through the same type of processor. The machines and 
processor together are capable of a 110 -dB dynamic range. 
Combined with the microphones and mixer, all of which 
add noise, the final reproduced dynamic range, even on a 
second generation tape, is over 100 dB. Basically what the 
recording mixer does for most of the inputs is to provide a 
master gain control followed by five separate gain controls 
which can send that input channel to any of my five speaker 
systems in any desired amount. There is an encoder which 
permits me to matrix five channels into four, with leakage 
between channels down 12 dB. On playback the four -chan- 
nel signal can be matrixed back to five channels down 12 dB. 
On playback the four -channel signal can be matrixed back 
to five channels using a portion of the Stereo Decoder men- 
tioned earlier. 

Eight of the inputs to the recording mixer come from the 
Program Selector switches which can, therefore, provide 
any of the sources available to the playback system. Other 
inputs come from the Stereo Control Systems and the Mixer 
and Bass Blender after these sources have been fully proces- 
sed. A set of five inputs is allocated to my Lowrey electronic 
theatre organ, a rhythm unit, and a synthesizer which will be 
added later. 
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How 
(and how not) 

to 
loudspeaker. 

Every year thousands of high fidelity customers are put 
through a variety of "demonstration" rituals on their way to 

choosing loudspeakers. It's enough to make a tire -kicker blush. 



We're going to tell you how to 
buy a loudspeaker. 

We're not going to tell you 
which one, because loudspeakers 
are very personal. One man's 
nice is another man's noise. Still, 
there are some common sense 
(and not -so -common-sense) 
things you should know. For 
instance: 

Enjoy yourself. 
You're not getting tetanus shots. 
You're searching for love. Enjoy. 

Bring your own music. 
Bring a favorite record or tape; 
something you know by heart. 
There's no quicker, simpler way 
to tell the difference between 

Decade L26. 
JBLs best selling two-way 
system. Natural oak cabinet. 
$156 each. 

speakers. If you've been listening 
in black and white you'll know it 

when you hear Technicolor. 
Also, don't evaluate any 

speaker by listening to radio- 
AM or FM. By the time a radio 
signal comes out of a speaker, 
it's been strained through gen- 
erations of electronics and the 
signal has been clipped on both 
ends. Its just not a test of high 
fidelity sound. 

Listen 7:o the speakers 
through the kind 

of electronic system you 
plan to have at home. 

No point listening through $5,000 
worth of pre -amp, amp and turn- 
table at the store unless that's 

Decade L36. 
JBLs least expensive 
three-way system. 
Natural oak cabinet. 
8198 each. 

what your speakers are going to 
live with. right? Right. 

Turn it up! 
Way up. Loud loud. Kid -next-door 
loud. 

You don't have to live with 
loud music, but you ought to visit 
there. Loudness magnifies the im- 
perfections that will scar your sub- 
conscious at regular listening 
levels. 

Do you like the sound? Is it 

clean? Is it clear? Does it hum? 
Does it splatter? 

Loudness tells you what time 
will do to your ears, your head, 
your disposition. So, turn it up! 
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Century 1100. 
JBL dressed up their 
compact studio monitor 
and turned it into the most 
successful loudspeaker 
they've ever made. 
$318 each. 

Horizon L166. 
JBLs newest It has more 
power handling capability. 
definition. and range than 
any bookshelf loudspeaker 
JBL has ever made. 
$375 each. 

Jubal L65. 
The smallest floor system 
we make. Oiled walnut 
finish with smoked glass 
top. $426 each. 



Turn it down! 
Right to the edge of silence. 

Are all the textures and details 
and harmonics of the music still 
there or does only the melody 
linger on? 

No one wants to live with a 
loudspeaker that can't make its 
point unless it yells. So, turn it 

down. 
Don't stand right in front 

of it. You're not 
taking batting practice. 

One way to spot a not -so -good 
loudspeaker is to listen to the way 
it handles high frequency sound. 
If the sound narrows as the tones 
go higher, if there's a peashooter 

Aquarius Q L120. 
Sound in the round. 360° 
sound to match its 360° 
good looks. Oiled walnut or 
satin white finish. $633 each. 

effect that requires you stand right 
in front of the speaker to hear the 
highs, that's not so good. 

A good loudspeaker will dis- 
perse the sound throughout the 
room. 

So, stand to one side, then 
the other. If you don't get all the 
music, move on. 

One demonstration isn't 
a demonstration. 

Expect to listen to three, four, five 
different pairs of speakers. Be 
critical. Be opinionated. A little 
honesty never hurt a courtship. 
Last point: Most of how is who. 
One of the more expensive bits 

Studio Master 1200 B. 
A home version of JBLs 
two-way professional studio 
monitor $696 each. 

of nonsense Is that all great pro- 
ducts sell themselves. That's just 
not true with loudspeakers. 

You're going to be better off 
if you can find someone to help 
you take a speaker through its 
paces. 

And you just can't do any bet- 
ter than an authorized JBL dealer. 
He's one of the nicest know-it-alls 
you'll ever meet. 

;18L 
High fidelity loudspeakers 

from $156 to $3210. 

1300. 
The beautiful twin of JBLs 
newest three-way profes- 
sional studio moritor. 
$897 each. 



Now that you've gotten 
the word,trg the number. 

Call (800) 243-6100 for the JBL dealer nearest you. 
In Connecticut, call (800) 882-6500 

IJBL 

James B. Lansing Sound, Inc./3249 Casitas Avenue/Los Angeles 90039 



The organ plays through a device I call the Spatial Modu- 
lator which is an electronic replacement for the rotating Les- 
ley speaker system built into the organ. This allows the or- 
gan to play through my main speakers instead of its own and 
recordings made by direct connection sound exactly like 
the real organ. The Spatial Modulator has been working for 
three years but still consists of an open breadboard circuit 
sitting on the table next to the organ console at the mouth 
of the left rear horn. This circuit produces modulation side - 
band frequencies which are distributed among the five 
horns along with the main organ signal in such a way as to 
provide frequency and amplitude modulation. On pure 
tones the effect very closely simulates the Lesley; on more 
complex signals the Spatial Modulator sounds quite differ- 
ent from the Lesley providing a much purer bell -like sound 
which I happen to prefer. 

There are 27 microphones in my recording system. Seven 
use Altec 28A capsules and their vacuum tubes have been 
replaced by low -noise FET amplifiers of my own design. Of 
these, three are permanently mounted on the 10 -ft. Stein- 
way piano located in the right rear horn. These three micro- 
phones have their own amplifiers and tone controls 
mounted right in the piano. Incidentally, this piano which I 

think is a beautiful sounding instrument, is about 100 years 
old. 

Twenty of the microphones have specially designed am- 
plifiers built into them which are capable of delivering a 

high output signal level of +20 dBm. These microphones, 
which utilize Schoeps capsules, have a noise level of 15 -dB 
SPL and are capable of handling 140 -dB input. Each micro- 
phone is equipped with a gain switch for close, medium, or 
distant miking and is built into concentric pipes for double 
shielding. They operate on ±15 V d.c. and have 5 -pin con- 
nectors with double shielded cable. 

Associated with 28 of the mixer inputs, and almost ready 
to install, is a set of equalizers' which provide two gain 
switches and six tone switches per channel. The tone switch- 
es provide peaking at 16 Hz and 24 kHz and are able to tilt 
the response in other portions of the audio range. The total 
range of equalization is more than ±25 dB and the dynamic 
range when flat is 120 dB. 

Two of the mixer panels, each 19 in. wide x 51/+ in. high, 
handle 14 inputs and deliver two five -channel outputs each. 
Inputs can be switched to the five -channel output buses in 
groups. Generally one five -channel output bus is utilized for 
monitoring while the other is used for recording. Another 
mixer panel handles 24 inputs and a fourth panel mixes to- 
gether six three -channel stereo signals. One set of three 
channels comes from a three -channel microphone mixer 
designed to power three of the special FET amplifiers associ- 
ated with the Altec 28A microphones. Sixty-two of the input 
channels have monitor switches which connect into mono 
and stereo monitor preamplifiers and 19 channels are 
equipped with phase inverting switches. The outputs of the 
four input mixing panels are combined at a master mixing 
panel which can send signals to a reverberation unit and re- 
ceive them back. The master unit permits recording from ei- 
ther of the two five -channel mixed signals, contains the 
5 -to -4 matrix encoder, and provides a simultaneous mix to 
two channels. The various input and five -channel mixed sig- 
nals, as well as two, four, and five -channel playback signals, 
can be monitored on a set of 13 peak VU meters. These me- 
ters utilize Burwen Laboratories Model VU306 Peak VU De- 
tector modules which convert an ordinary VU meter to peak 
reading. The meters will register peaks as short as 10 µS and 
hold the output steady on the meter for 2 S. Each meter has 
two ranges, one with 0 on the meter at 0 dBm, the normal 

system calibration level, and a high scale with 0 at +10 dBm 
(2.5 V) which is the normal peak program level for the sys- 
tem. Extra headroom in the system allows peaks to reach 
+20 dBm before clipping. The construction of the mixing 
panel is similar to that of the Speaker Control unit. Although 
extremely compact, each chassis performs functions com- 
parable with those of a 5 -ft. -long studio control console. 

Since the recording controls are located in the same room 
with the music, monitoring must be via headphones and the 
peak VU meters. A separate binaural headphone driver unit 
associated with the playback system permits monitoring of 
various sections of both the record and the playback system. 
This unit is capable of driving up to 20 sets of AKG 50 head- 
phones and contains equalization to flatten the response of 
these particular phones. The headphone driver also allows 
variable blending of the sides to reduce the exaggerated 
stereo effect. 

Both the recording and the playback system are powered 
from a pair of hefty ±25 V and ±35 V highly regulated power 
supplies. These supplies deliver 5 and 2.5 A respectively and 
have hum -bucking transformers with triple mumetal shield- 
ing. Each panel in the rack contains its own ±15 V or ±18 V 
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shunt regulator system which operates from these common 
supplies. The use of shunt regulators prevents a.c. power 
supply ground currents which could cause crosstalk be- 
tween units. 

Besides the equipment in the racks, I own a portable 
recording mixer. This unit has 10 inputs and two outputs and 
was built by Mark Levinson Audio Systems to my specifica- 
tions. Along with this mixer there is a 10 -channel version of 
the wide dynamic range equalizer system and a Model 2000 
Audio Processor. 

All the developmental work for the past 10 years has been 
performed in my laboratory occupying two adjacent rooms. 
The abundance of equipment, parts, and test leads makes an 
environment conducive to high efficiency. 

Recordings 
Because of the liveness of the studio, which has a rever- 

beration time of about 0.75 S, I thought at first it was nearly 
impossible to achieve a decent recording. My technique has 
developed in the past two years, however, so that now I 

consider the liveness a great benefit. The East Bay City Jazz 
Band recording on Burwen Labs Perfectly Clear label was 
made with 14 microphones placed at about 10 in. from each 
instrument with two microphones used for ambience pick- 
up. Because of the extreme leakage between microphone 
channels due to the room, all the mikes had to be operated 
at nearly the same gain and placed in such a manner that the 
leakage contributed to a desirable stereo effect. Lately I 

have been recording with only four cardiod microphones, 
three for the front speakers and one for the rear speakers. 
The front microphone heads are generally 16 in. apart and 6 
ft. from the performers. If the performers are placed along 

an arc around the microphones during the recording, they 
appear to be lined up linearly across the front of the room 
on playback. The rear channel microphone is typically about 
6 ft. behind the front microphones, is aimed at the perform- 
ers, and feeds the rear speakers at a level of about -25 dB. 
This arrangement seems to produce a good two -channel 
mix and was used in making the Babson College Dixieland 
Band record. Most of my in -studio tapes have been jazz and 
dance music by such artists as Norm Bistany, Dick Well - 
stood, and Bobby Hackett plus some operatic arias by Rich- 
ard T. Gill. Next I would like to get into chamber music. 
Well, that is my system. 

References 
For more detailed information on equipment in the au- 

thor's sound system refer to the following articles by R. S. 

Burwen: 
1. "110 dB Dynamic Range For Tape," Audio, p. 49, June, 
1971. 
2. "Design of a Noise Eliminator System," Journal of the Au- 
dio Engineering Society, Vol. 19, No. 11, p. 906, December, 
1971. 
3. "100 dB Dynamic Range Disc Recording," Audio Engi- 
neering Society preprint no. 995 P-4, September, 1974. 
4. "A Stereo Control System," Audio, p. 20, October, 1974. 
5. "A Dynamic Noise Filter," Journal of the Audio Engineer- 
ing Society, Vol. 19, No. 2, p. 115, February, 1971. 
6. "A Dynamic Noise Filter for Mastering," Audio, p. 29, 
June, 1972. 
7. "A Wide Dynamic Range Program Equalizer," Journal of 
the Audio Engineering Society, Vol. 23, No. 9, p. 722, No- 
vember, 1975. 
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CAPITOL MAGNETIC PRODUKTS 
A DIVISION OF CAPITO_ RECORDS, INC 

LOS ANGELES. CALIFORNIA 90028 A MEMBER OF THE EM GROUP TM OF EMI LIMITED 

ADVICE FROM: Hugh B. Davies, recording engineer, Capitol Records, Inc. I 

PROBLEM: No one wants dirty recordings. They sound flat, dull, lifeless. The I 

problem could be all in your heads. Dirty. Dirty. Dirty. Oxide shedding of 20 

millionths of an inch-an invisible film no thicker than a fingerprint-can 
affect cassette performance by as much as 6 db at 10 Khz. If you record dirty 
and play back dirty, you could lose as much as 12 db. 

RECORDING TIP: Keep a clean machine. Inspect and gently clean 

recording heads, capstan and pinch roller before recording. Every time. 

Clean them every 4 to 10 hours of playback time. The safest cleaner is 

isopropyl alcohol on a cotton swab. It's cheap. Sold at drugstores. And, 

because it dissolves away deposits instead of scraping, you can't clean too 

often. To move the cassette heads forward for easy cleaning, fool the 

machine into thinking it's playing. Press the "play" button (and interlock, 

if machine has one). 

I 

TAPE TIP: Those problem deposits are oxide debris from your recording 

tape. Switch to The Music Tape by Capitol. Its heavy duty binder prevents I 
oxide shedding. So there's less gunk. (No bunk.) 

When you record music, record on 

the music tape 
cassette cartridge open reel BYGPITOL 
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Get yourself the big one! 

Complete your reference 
library with this Modern 
Dictionary of ELECTRONICS! 
This handy volume is a convenient 
way for you to keep abreast of all 
the latest happenings in the ever- 
changing field of electronics. 
Modern Dictionary of Electronics 
gives you clear, concise defini- 
tions of 18,500 terms commonly 
in use today in the fields of com- 
munications, microelectronics, 
fiberoptics, semiconductors, 
reliability, computers and 
medical electronics. 
It's yours for only $14.50 

Guide to 
High Fidelity 
Here's a conve- 
nient guide to help 
you select a hi-fi 
system that not 
only meets your 
needs but fits your 
budget besides. If 
you ever plan to 
invest in any hi-fi 
equipment at all, 
this book is a 
must. 
Yours for a low 
$4.50 

ELECTRONICS 

Modern Recording 
Techniques 
Now, whether you're 
a would-be recording 
artist or an experi- 
enced engineer, you 
can find out all about 
the techniques that 
are being used today 
in pop recording. 
Learn how to cut 
your own records, 
and how to use equip- 
ment and controls 
creatively. 
Just $9.95 

For more 
audio infor- 
mation ... 
Take one 
or more of 
these handy 
paperback 
guides. 

How To Build 
Speaker 
Enclosures 
Here's the book 
to use if you want 
to build enclo- 
sures that give you 
realistic sound 
reproduction. In- 
cludes directions 
for enclosures to 
fit any application 
. . . any price 
range. 
Yours for a low 
$4.50 

1,757 illustrated pages of 
detailed audio reference for 

the working technician ... the 
student ... the hi-fi buff! 

Here's a comprehensive volume espe- 
cially designed for the man or woman 

who has an understanding of electronics 
and an interest in audio technology. 

The Audio Cyclopedia is the most author- 
itative reference book ever published on 

this subject. It includes every phase of audio 
technology-plus the latest information on 

solid-state and integrated circuits. 
25 informative chapters... 

convenient format so you find what 
you're looking for... quickly... easily! 

Each of the big, information -filled chapters 
covers in depth one of the major areas of audio 

electronics. You'll find anything you could 
want to know about everything-amplifiers, 

acoustics, meters, transformers, coils, transis- 
tors, diodes, filters ... plus much, much more! 

All information is presented in easy-to- 
understand,question-and-answer format. For 

"instant find," there's a unique index and refer- 
ence system so the 

information you 
need is always at 

your fingertips. 
Send for this com- 

plete reference 
library today 

just $3400 

107R1 

MIMAIL TODAY FOR 15 -DAY FREE TRIAL 
YES - send me the book(s) checked below to exam- 
ine for 15 days free. If not completely satisfied, I may 
return my order and owe absolutely nothing. Other- 
wise, I will pay the amount on the invoice accompany- 
ing my book(s), including shipping and handling. 

Audio Cyclopedia (20675) $34.00 
Modern Dictionary of Electronics 

(20852) $14.50 
Modern Recording Techniques (21037) . $9.95 
Guide to High Fidelity (21154) $4.50 
How to Build Speaker Enclosures 

(20520) $4.50 

Name 

Address 

City 

(PLEASE PRINT) 

State Zip 
Save shipping and handling costs. Full payment enclosed. 
(Plus sales tax, if any.) 

MAIL TO: Howard W. Sams & Co., Inc., 4300 W. 62nd Street 
Indianapolis, Indiana 46206 6I BO CT1 

1 



If your ears are ready for 
$600 speakers, but your 
budget isn't, we have a way 
to satisfy both. Sennheiser 
headphones. Using the 
same acoustic design prin- 
ciples that have made our 
professional microphones 
industry standards, Senn - 
heiser Open -Aire' head- 
phones reproduce sound 
with a realism most loud- 
speakers can't begin to 
approach. With wide, flat 
response. Low distortion. 
Excellent transient re- 
sponse (even in the bass 
region!) And sheer intimacy 
with the music. All without 
sealing in your ears. 
Whether you're waiting for 
that pair of $600 speakers 
or just curious about a pair 
of headphones some ex- 
perts have compared with 
$1000 speakers... the an- 
swer's at your audio dealer's. 

*Manufacturer's suggested list for 
Model HD414. Deluxe Model HD424 
also available at $79.75. 

.z..SENNHEISER 

ape Guide II 

Herman Burstein 

FROM TIME to time, as a com- 
panion piece to The Tape 
Guide, we would like to sup- 

ply ideas to readers who think of tape 
recording not merely as a passive ac- 
tivity but as one that offers the oppor- 
tunity to be imaginative and creative. 
To do so, we will have to rely greatly 
on your suggestions. Therefore we 
shall be happy to hear from you. To 
get things going, following are four 
ideas, for better or worse.-Herman 
Burstein 

Spaciousness 
Record the left and right tracks 

slightly out of synchronization, by a 

fraction of a second, and play them 
back simultaneously. The source can 
be stereo or mono. If there is a great 
difference between the left and right 
channel sounds in stereo, try mixing 
the channels slightly in recording or 
in playback. The time lag between the 
two tracks has to be experimentally 
determined. If the lag is too small, 
there will be little if any change in the 
sound. If the lag is too great, one will 
hear two distinct sounds. If the lag is 

about right, the sense of spaciousness 
will be greatly enhanced. 

The equipment used is a recording 
tape deck and a signal source, which 
may be either a playback tape deck or 
a turntable. It is important that the 
equipment be able to maintain con- 
stant speed. Following is the proce- 
dure. 

1. Record the left channel onto- the 
left track. 

2. Rewind the tape and play the left 
channel. Identify the point on the 

tape where the sound begins. If the 
deck has separate record and play- 
back heads, back up (rewind) the tape 
a distance corresponding to that be- 
tween the centers of the record and 
playback heads. Thus, the point 
where the sound begins is at the 
record head. 

3. Play the right channel. Just as the 
right channel sound begins, start the 
record deck, and record on the right 
track. 

4. Play both the left and right chan- 
nels. If the results are pleasing-a def- 
inite increase in spaciousness without 
double sound-stop there. If the re- 
sults are unsatisfactory, repeat Steps 2 

and 3, this time starting the right 
channel sound somewhat earlier or 
later with respect to the left channel. 
There is no need to repeat Step 1. 

Warped Record 
A prized 33-1/3 rpm record, un - 

played for a long time, turned out to 
have acquired an ugly warp. For about 
the first inch of the outer radius, the 
warp was so bad as to throw the stylus 
out of the groove, even when tracking 
force was greatly increased. It so hap- 
pened that the turntable in question 
included the 16-2/3 rpm speed. And 
the stylus remained in the groove 
when the record was played at 16-2/3. 
With the help of a tape deck, the 
problem was easily solved. 

The first inch or so of the record, up 
to a convenient break in the sound 
(conclusion of a symphonic move- 
ment), was played at 16-2/3 and 
recorded at 3-3/4 ips on tape. The rest 
of the record was played at 33-1/3 and 
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recorded at 7-1/2 ips. The result was a 

tape recording which sounded good 
throughout when played at 7-1/2 ips; 
for the first movement, half -speed 
when playing the record was com- 
pensated by double -speed when 
playing the tape. 

Playback of Dolby Encoded FM 
Many of us involved in taping off 

FM, or just plain listening, have FM 
tuners that provide only the old stan- 
dard 75 AS de -emphasis. But Dolby 
encoded broadcasts call for 25 µS de - 
emphasis plus Dolby decoding. What 
can one do without adding new 
equipment, such as an adapter that 
gives one the choice of either 25 or 75 

µSde-emphasis, as well as a Dolby de- 
coder? 

Perhaps the following will not satis- 
fy the ultra -finicky, but it may provide 
an audibly satisfactory answer for 
many others. Simply feed the FM sig- 
nal (with 75 AS de -emphasis) into the 
tape deck without Dolby decoding. 
The treble loss due to 75 AS de -em- 
phasis tends to be offset by the treble 
boost due to lack of Dolby decoding. 
The net effect, at least to this writer's 
ears, is quite satisfactory. 

New Tapes with Excessive Treble 
New tape formulations sometimes 

have "hotter" treble response than 
their predecessors. This may be a 

boon, helping achieve flatter treble 
response than formerly. Or it may re- 
sult in unwanted exaggeration of 
highs. The proper answer is to adjust 
bias, but this often presents problems: 
The adjustment may be an internal 
one, entailing difficulty of access and 
of proper setting for the average own- 
er. Even if the bias is adjusted by a 

competent person, then bias may be 
right for the new tape but wrong for 
older tapes that one wishes to record. 

An alternative answer is to use the 
tone controls in playback. A better 
answer-because it results in less dis- 
tortion-is to use the tone controls in 
recording if the receiver or preamp 
permits the tone controls to be effec- 
tive for tape recording. Some receiv- 
ers and preamps (probably a minority) 
permit this, while other don't. 

Another answer is possible for 
those having a tape deck that supplies 
Dolby decoding for the incoming sig- 
nal. An example is the Tandberg 
9200XD. Using tape with a new oxide, 
sound was overbright. But setting the 
Tandberg's Dolby switch to the Dolby 
FM position enabled the frequency 
response to appear "just about right." 

IS it live, or 
is it Memorex? 

We proved it in our latest 
television commercial with 
Ella Fitzgerald. Whatever 
Ella can do, Memorex with 
MRX2 Oxide can do. 
Even shatter a glass! 

MEMOREX Recording Tape. 
Is it live, or is it Memorex? 
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Equipment Profiles 
Otari MX -5050-25H Open -Reel Tape Recorder 

MANUFACTURER'S SPECIFICATIONS 
Speeds: 7 1 and 15 ips. Red sizes: 5, 7 or 101 inches. Heads: 

1/2 track erase, U+ playback. 'h record, 1 playback. Motors: 
Three. Wow and Flutter: Less than 0.05% (NAB). Frequency 
Response: 15 ips, 35 Hz to 22 kHz ±2 dB; 71 ips, 30 Hz to 18 
kHz ±2 dB. Distortion: Less than 1% at 1 kHz at 200 n W/m. 
Output: +4 or -10 dBm. input: -15 dBm line, -70 dBm 
microphone. Crosstalk: Greater than 55 dB. Signal/Noise: 62 
dB (unweighted). Dimensions: 211/2 in. W by 21 in. H by 17 
in. W (with 104 inch reels), portable case. Price: $1450.00 

The Otari MX -5050 is described by the maker as a profes- 
sional recorder-which needs a few words of explanation. 
During the past three or four years, O -R recorders have 

Fig. 1-View of heads from bottom of deck. 

steadily improved, not only in terms of basic performance 
but in regard to such features as user variable bias, sound - 
on -sound, fast acting VU meters, syncing, and so on. In- 
deed, you can bet your last reel of tape that any open -reel 
recorder priced at over $500 will lay claim to the word "pro- 
fessional" somewhere along the line! But there are differ- 
ences-mainly in the number and range of adjustments and 
editing facilities, so let's take a look at the Otari controls. 

On the left, just below the reel, is a black lever switch 
marked cue. If this is depressed, the automatic tape lifters 
are inoperative so the tape remains in contact with the 
heads during the rewind and fast -forward modes and an au- 
dio signal can be heard. The function of the tape lifters is 

primarily to reduce headwear but judicious use of the cue 
control can be a great help when editing. The lever also 
works a level control, thus preventing possible overload of 
the monitor amplifiers or headphones. Under the cue 
switch is a digital counter and four push -buttons labelled 
on/off, speed, reel and edit. The speed control selects 7 1 or 
15 ips modes, and the reel control is pushed in to adjust the 
tape tension to suit the large 101 -in. reels. The last button 
in the group, marked edit, deactivates the tape tension lever 
and take-up motor so the tape is released for editing. It also 
enables the tape reels to be rocked back and forth to find a 

particular spot or section. 
On the right-hand side is a row of five push -buttons for 

record, play, stop, rewind and fast -forward, and under those 
is a dual concentric control for output level. A small slide 
switch is located nearby; its function is to adjust the output 

Fig. 2-Interior view. 
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level to a Standard Reference Level (SRL) which in this case 
is +4 dBm (4 dB above 1 milliwatt at 600 Ohms). Back on the 
left-hand side, there are two dual concentric input controls 
for line and microphone, and then at the bottom on a black 
panel are a number of controls. First comes a pair of red 
push buttons for record, and then there are two labelled 
Sel/Rep. This refers to Selective Reproduction, and it is a 

multi -sync arrangement that permits a new track to be 
added in synchronization to previously recorded tracks. This 
is accomplished by switching the recording heads to a play- 
back mode so a performer can listen to the previously 
recorded material on earphones while he or she records a 

new track. Next to the Sel/Rep button is a series of eight 
preset adjustments for bias, equalization (both 7/ and 15 

ips), and reference level calibration. A headphone socket is 

next, and finally there are three push buttons, one to acti- 
vate the built-in 1 -kHz generator and two for monitoring 
the signal source or direct from the tape. 

Straight-line tape threading is used, and a switch is 

mounted on the top of the head cover to select quarter- or 
half-track playback heads. A built-in splicing block is an un- 
usual but very handy feature, and the perpendicular cut is 

accurately aligned with the gap on the playback head, an- 
other smart piece of design work. As in most professional 
recorders, the pinch roller is on the oxide side of the tape so 
the hard metal of the capstan cannot cause wear. 

Three motors are employed, a hysteresis type for the cap- 
stan drive and two motors for the reels. The tape transport 
mechanism is fully electronically controlled, using 15 tran- 
sistors in a motion sensing circuit so there is no danger of 
tape breaking or stretching. In fact, you can go directly into 
the play mode from either fast -forward or rewind without 
waiting for a logic circuit to function! All input and output 
connections (apart from the headphone jack) are at the rear, 
with heavy-duty XLR sockets for line and standard quarter - 
inch jacks for the microphone. Also at the rear is a remote 
control socket, a fuse, and a switch to select either a +4 
dBm, 600 -Ohm output or a lower one at -10 dBm. 

o VU 

5dB 

e -20 VU 

10 100 IK 

FREQUENCY - Hz 

Fig. 4-Record-replay response at 71/2 ips. 
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Fig. 5-Record-replay response at 15 ips. 

are shown in Fig. 3. Then, record -playback measurements ¡ 2.0 

were taken at 0 VU and -20 VU using Maxell UD -35 tape at ó 1.5 

71 ips, adjusting the bias/eq for optimum results. It will be 
seen in Fig. 4 that the upper -3 -dB point is about 18.5 kHz, o 1'0 

with a slight attenuation from 10 kHz at 0 VU. The response _ 0.5 

at 15 ips is shown in Fig. 5, and here the -3 -dB point has o 

moved up to an impressive 28 kHz with very little significant 10 

loss at 0 VU. Next, the measurements were repeated with 
the new TDK "Audua" tape, again adjusting the bias/eq for 
best results. As was expected, the differences were negli- 
gible and so the curves are not shown. Fig. 6-Frequency versus distortion at 0 VU. 

The frequency versus distortion characteristics can be 
seen in Fig. 6, and the THD at 1 kHz is shown in Fig. 7. The 
3% distortion level was not reached until the input level was - 3 

10K 20K 

Measurements 
The first measurement was the playback response using a 25 

NAB type Ampex Standard 75rí--ips Test Tape, and the results 

+5 
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Fig. 3-Frequency response from Ampex Standard Test 
Tape. 
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DISTORTION (THD) AT 1 kHz 

Fig. 7-THD versus meter level at 1 kHz. 
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increased to nearly +9 VU! Taking the tape saturation charac- 
teristics into account, it is apparent that the headroom of the 
5050 is very satisfactory indeed. Signal-to-noise ratio (ANSI 
"A" weighted) referred to 0 VU was -6 dB or -75 dB at 
the 3% distortion figure still used by some manufacturers. 
Wow and flutter (DIN weighting) came out at 0.07% for 71 
ips and 0.06% at 15 ips-also very creditable. The maximum 
output level was 2.95 volts with an 0 VU input signal which 
measured 150 millivolts for the line and 300 microvolts at the 
microphone jack. Maximum noise increase at the micro- 
phone input would be 8 dB, although in practice, with the 
input control turned down slightly, it would be of the order 
of 4 to 5 dB. Crosstalk was -58 dB, and erase efficiency bet- 
ter than -60 dB. 

Use and Listening Tests 
The 5050 is no lightweight, as it turns the scales at over 50 

lbs., so make sure your mounting shelf is strong enough! 
The machine can be used in the horizontal or vertical posi- 
tion, the latter being more convenient for editing. I person- 

ally like to mount such recorders at an angled posi- 
tion-which does use up a lot of space! 

As indicated by the impressive array of features, plus the 
above test figures, the 5050 is obviously a well -designed and 
quite versatile recorder. The controls, particularly the mo- 
tion -sensing tape transport, worked smoothly and with pre- 
cision. The Selective Reproduce or track syncing feature 
proved to be remarkably easy to use, though the number of 
tracks is limited. The recorder was primarily designed for 
studio or location use by professionals, but I am sure many 
dedicated enthusiasts will invest in one but they should be 
warned: the instruction manual is written for engineers. For 
example, as noted previously, signals are described in terms 
of dBm instead of voltages. Bias adjustments are simple 
enough to make but equalizing changes are not-those 
controls should be left to the advanced recordist. I must add 
that a variety of options are available to to suit individual 
needs; these include d.c. servo capstan with variable speed, 
balanced inputs, EIA, IEC, or CCIR equalization, and a 

choice of head configurations, portable road case, and re- 
mote control box. George W. Tillett 
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Ball Corp. Sound Guard 
Record Preservative 

Record cleaning and static removal 
is a part of record preservation. Re- 
cently, the Ball Corporation in- 
troduced a unique record preserva- 
tive, Sound Guard, a commercial ap- 
plication of their VacKote® a lubricant 
designed for moving parts on space 
craft. Sound Guard is a dry lubricant 
in a liquid (Freon 113) spray form. The 
solution, which is sprayed on the 
record surface, evaporates very quick- 
ly, leaving an invisible lubricant film 
on the record. The record is then buf- 
fed with the velvet pad supplied, re- 
sulting in a film coating five -millionths 
of an inch thick on the modulated 
record grooves. The solution also 
contains cleaning and anti -static ma- 
terials. 

A well-known independent elec- 
tronic testing laboratory studied the 
effects of Sound Guard on such im- 
portant record parameters as fre- 
quency response over repeated play- 
ing of both stereo and CD -4 records, 
harmonic distortion, and surface 
noise. Their tests indicate that there is 

no noticeable deterioration in fre- 
quency response for either the stereo 
or CD -4 records, it decreases the nor- 
mally occurring harmonic distortion 
after repeated plays, it retards the ap- 
pearance of surface noise that also oc- 
curs after repeat plays, and reduces 

the amount of dust that is normally at- 
tracted to the record surface. Sound 
Guard apparently preserves the full 
amplitude of frequency modulations 
and groove modulations up through 
45 kHz. In general, Sound Guard pro- 
tects the modulated record groove 
against wear or further wear. 

The maker says that a Sound Guard 
coating might show wear after about 
25 plays, though the lab mentioned 
above found this to be an extremely 
conservative figure. Repeated use will 
fill in the bare spots without addition- 
al build-up. Although Sound Guard 
adheres to the record, it does not ad- 
here to itself, thus assuring the user 
that the film coating will not exceed 
five -millionths of an inch at any time. 

Sound Guard is packaged in a plas- 
tic container that holds a two -ounce 
bottle of fluid, a pump sprayer, and a 

velvet pad buffer, which is also the 
cover for the container. The package 
sells for $5.99. 

Tests 
Although Sound Guard is also a 

record cleaner, we found it to be ef- 
fective in removing surface dust only. 
It does not remove fingerprints. Its 
anti -static property becomes effective 
about fifteen minutes after the record 
is buffed. However, buffing does 
build-up a static charge which may be 
eliminated with the Zerostat for im- 
mediate play. 

Our experience indicates that 
records should be cleaned with either 
the Monks Record Cleaning Machine, 
the Discwasher, our two reference 
cleaners, or with the Fidelicare Spin 
and Clean Record Washer, using the 
DII solution, before applying Sound 
Guard. 

In our tests, we applied the spray to 

the outer half of a record just starting 
to show wear. The inner half of the 
record was used as a control. Sound 
Guard definitely reduced the amount 
of surface noise present on the record 
when compared to the untreated por- 
tion. We were unable to detect any 
reduction of frequency response be- 
tween the treated and untreated por- 
tions. CD -4 records treated as above 
also showed no audible change ex- 
cept that there appeared to be less 

noise in the rear channels. Sound 
Guard is normally applied to new 
records, but we found it to be quite 
effective when applied to used 
records. 

Because Sound Guard reduces fric- 
tion between the stylus and the 
groove, it is advisable to slightly re- 
duce the anti -skating force. 

Collectors of old acoustic 78s will 
find Sound Guard to be an effective 
way to reduce the normally present 
background hiss, particularly when 
transferring them to tape. We tested it 
on some well -played shellac 78s, circa 
1904, as well as some from the early 
1920s. Its effectiveness was beyond 
our greatest expectations. The play- 
back cartridge used was the Shure 
V15, Type III, fitted with the Shure 
VN -78E elliptical stylus for playing 78s. 

Based upon our tests, we have al- 
ways advised against the use of treat- 
ed record cleaning cloths or sprays. 
With the introduction of Sound 
Guard, we are making an exception, 
particularly since there is no silicone 
present. To prevent record wear and 
to preserve the high frequencies 
present on a record, we found Sound 
Guard to be without a peer, the best 
thing for records since vinyl. B. V. Pisha 
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