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PL-A45D

2 best
a Pioneer.

Both units are even equipped with
a strobe light directed at the strobe
marks for easy viewing.

Combine the best automatic features
with manual operation

While many hi-fi enthusiasts demand
completely manual tumtable opera-
tion, there are many purists who
prefer semi-automatic operation.
Pioneer provides this extra con-
venience in the PL-55X and PL-15D/II.
Both models incorporate automatic
tonearm retum and shutoff. When
the record has
finished playing,
the tonearm auto-
matically returns
to the arm rest
and the power is
turned off.

Automatic tonearm
returmn and shutoff

The PL-A45D
is completely
automatic. You
don’t ever have to
touch the tone-
arm when you
play your records.
This 2-motor
model has a
special precision

Fully automatic operatlion
in single-play

gear motor to exclusively handle
automatic tonearm lead-in, automatic
return, automatic shutoff and repeat
play. And when you prefer, you can
switch to fully manual operation.
The PL-71 and PL-12D/1I, at
both ends of Pioneer’s turntable
lineup, offer the total involvement
that care cnly be attained by
completely manual operation.

Superb 5-shaped tonearms
for better tracking

The tonearm of every Pioneer turn-
table system is the S-shape design,
for optimum groove ;
tracking. All are
statically balanced
and all use adjust-
able counter-
weights with direct
reading of tracking
force. All have
adjustable anti-
skate control and
oil-damped cueing
for the gentlest
application of stylus tip to record
groove. Lightweight plug-in cartridge
shells insure positive electrical
contact and optimum stylus position
and angle for lower distortion and
reduced record wear.

S-shaped tonearm
tor better tracking

Unexcelled performance

Still, all of these features and refins-
ments do not guarantee the perform-
ance specifications of Pioneer’s new
turntables. Each tonearm and turn-
table platter combination is shock
mounted in its specially designed
natural grain base (with hinged dust
‘cover). Precision machining of all
rotational parts plus continuous
quality control insure that each will
meet or exceed its published specifi-
cations — a time honored tradition
with all Pioneer components.

Choice of the professionals
Engineers, experts and enthusiasts
agree: to get the best performance,
select a manual turntable. And to get
the best manual tumtable, you need
a Pioneer. Every Pioneer manual
turntable offers a level of precision
and performance unparalileled in its
price range. And every one is a totai
system — with dust cover and base —
designed for years of professional,
trouble-free sound reproduction.

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



PL-12D/Nl

The manual turntable is rapidly
becoming the first choice of hi-fi
enthusiasts everywhere. The reason
why is quite simple. Today’s
enthusiasts are more knowledge-
able, more sophisticated and more
involved with their music. And only
the manual turntable can provide
the involvement and performance
they demand.

At Pioneer, this trend comes as
no surprise. We have long reccgnized
the superiority of the manual turn-
table. And long recognized a simple
tact: a record changer in no way
improves performance. It can detract
from it.

As a result, we now offer the
finest and most complete line of
manual turntables available. Manual
turntables that are designed with the
needs of today's hi-fi enthusiast in
mind. Turntables that are engineered
for precision response.

When you get right down to it,
good record playing equipment really
has only two requirements: uniform
rotation of a turntable, and accurate
tracing of a record groove by a tone-
arm and its cartridge.

Pioneer’s engineers have long
recognized that these requirements
are best met by single-play tumtables

and precision engineered tonearms.
Our five new belt-drive and direct-
drive turntable systems mean you
needn't settle for the higher wow and
flutter and the poorer signal-to-noise
ratios (rumble) of record changers.
Whether you've budgeted $100 or
$300 for this vital element of your
high fidelity system, there's a Pioneer
turntable that outperforms any record
changer in its price class.

Consider the performance advantages
Belt-drive, featured in Pioneer’s
PL-12D071l, PL-15D/11 and PL-A45D,
means smoother, more uniform
platter rotation than can be achieved
with typical idler-wheel/pulley
arrangements normally found in
record changers. Even changers

Direct-drive motor
reduces friction

Belt-drive for
rumble-{rze rotatlon

equipped with synchronous motors
transmit vibration to the turntable
platter. This is picked up as low-
frequency rumble by the tonearm and

PL-15D/I}

or the

rntabl

cartridge. By driving the platter with
a precision-finished belt, vibration is

effectively absorbed before it can be
translated to audible rumble.

Pioneer’s direct-drive models,
PL-55X and PL-71 go even a step
further in achieving noise-free,
precision platter rotation. The DC
electronically controlled servo-motors
used in these models rotate at
exactly the required 33% and 45
rpm platter speeds. Their shafts are
directly connected to the center
of the turntable, with no intermediate
pulleys or ather speed reduction
devices. This means no extra friction-
producing bearing surfaces.

Because of the unique technology
embodied in these new, direct-drive
motors, it's possible to control their
speed electronically. This is more
precise than any mechanical drive
system. Both our PL-55X and PL-71
offer individual pitch control for both
33%: and 45 rpm
speeds. Their turn-
table platters are
edge-fitted with
stroboscopic
marks, so you can
adjust precise
speed while a
record is playing.

Electronic speed adjust-
ment for each speed






There’s a Pioneer turntable that's just right for your needs

Model PL-12D/1I PL-15D/11 PL-A45D PL-55X PL-71
Type Manual Semi-Auto. Fully Auto. Semi-Auto. Manual
Drive System Belt Belt Belt Direct Direct
Drive Motor 4-pole synch. 4-pole synch. 4-pole synch. DC servo DC servo
Speed Control —_ — s +2% _ +2%
S/N (RUMBLE) Over 48dB Over 48dB Over 47dB Over53dB Over 60dB
Wow & Flutter (wRmS) 0.08% 0.08% 0.07% 0.05% 0.05%
Tonearm Type  Static Bal. “S” Static Bal. “S” Static Bal. “S” Static Bal. “S" Static Bal."'S”
Tonearm Length 81s” 8'Ys" 8'Ys” B 8%
Turntable Dia. 12” 12” 127 12%” 12Va”
Priced Under~: $100 $125 $175 $250 $300

*The values shown are for informational purposes only.
The actual resale prices will be set by the individual Pioncer dealcr at his option.
The PL-71 includes a walnut veneered base: all other models include a base of walnut grained viayl.

OPIONEER

when you want something better
Check No. 34 on Reader Service Card



The Precision
(leaning
Instrument for
Today’s Styli

Today’s advanced
styli are remarkably
sensitive, and every
manutacturer specifies
that cleaning is essen-
tial for maximum per-
formance.

Introducing SC-1.

The SC-l is a grace-
ful walnut handle from
which you can push a
small tang. At the end

MAGNIFYING
SIDE

of this tang is a calculated-density
brush of black nylon with enough
rigidity to clean waxy deposits—yet
with enough “give” to eliminate canti-
lever damage. There is also a silvered
mirror that magnifies the stylus, canti-
lever, and cartridge mounting for total

BRUSH SIDE

perception of your
pickup system.

All of this retracts

into the walnut handle
for elegant protection.
The new SC-! for

only $6.00, at audio

ucts.

specialists nation-
wide that carry
Discwasher prod-

disCwWasher  GROUP
DISCWASHER, INC.
909 University
Columbia, Mo.
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N el er—mohom fronstormer

Since introduction of the ESS amt 1 three ynara ago, to world-wide acclaim as the firsi really mew
development in loudspezker techro.ogy in over 50 years, the Heil air-motion transfcrmer has Juided
kncwlecgeable audicohiles to new kcrizons of sound clarity. Now after two year's research th 3
extraordinary loudspeaker classiz 1as been further perfected to achieve virtually fl&wb-e Cilre
ove- a substantially increased rang= with: . =

A NEW Heil air-moticn transforme- configuratio
dispersion and permits penetrating unified mac
with special equ:oment designed ad built b

ruboer |mpreg ated e o~ g
def rition and clarity throug the critical mldrange crossover
point with dynamic, cvernang-free kass. Its high temgerature
voice coil assemrbly zllows mass: vz power handling.

A NEW aluminum freme 12 inch cassive raciator with a
dizohragm of laminazed styrofoer zr.d neoprene suspended
by 3 compliant kalf-roll foam surraund, operates in conjunction
with the woofer io provide usefu! autput in the typical listenirg
envirorment, extending as low as 25 Hz.

The new ESS amt 1areaches & lewe: of performance impossibie
10 achieve withaut full manufaciur =3 control over all system .
elements so you car recreate *he =x:citament, immeciacy and

grandeur of a live performance a ~h a clarity and dynam ¢ i
power never before experienced. Hear this new ESS standard AL | j
of excellence, yoursalf at a franc™ sed ESS dealer—a dealer ¢ 1 '
who urderstancs the loudspez==- 2f tcmorrow. the ESS Heil il
air-motion transformer amt 1a. *o I experience sound as i

clear as light.

XY . inc. 9613 oates d-ve - scc-amento, cal fomia 95827
ES: products avainbile in Gonade =g ESS CANADA |

the Nnaw

=2 CM

Hel CiFmolion fronsformer s/siem




First there was
vacuum tube amplification

then the solid te transxstor
and now...

DBP SWITOHING AMPLIFIER

DISPLAY RATE

il 13

' "|.l;|!||‘| N
ﬁ'fi';i‘i'tf A
L

. "-.II | h'"'_‘ .
\ 1 "._‘ i o
g \ | ul. [ b '_\

N\

|
| 4
B |
L

BNE

A1 v Al .", -
"'.-"‘- 1% - i, 0%




6165-676-016 XM.L €016 11ed eSoue) ‘anuaay uLaaq 0£6L
“au] ‘SWAISAS AHUU] GL61D)

"JISNJA "INOQE [[B S,)1 JeYM 0) 30Bq NOA 398 ap

\ﬁ_Cm&C A

¢RI PIIY ], 9Y) I0J Apeal nok a1y
"SI9[eIP AJUIFul paI9[as Je noA 10y
Apeai st ayrdwy SulgNms S UL
('000T$ 99 [[14 ‘uo0s
Tydwesid L34 N0) 0S8T$ NOA 100 [[im )t
‘s1e9A 3unele[Iyxs ‘SunIoxXa XIS Sn 3sod |
"JUSWIASIYDIR DIJIIUIDS SUluun)s e s Jf
‘'saQuBADE [BIL30[0UYDI) JO Yy3dap ur 1o
‘Ay1[enb [euo] Jo Yipeaiq ul
YlayYM —Ryduy Sugomg
dS@ Anuygu] ayy Suljquiasal )
A[330wal udA9 1Ay dwe ue o
U99( I9AJU SBY 3I9Y [,
ispunod (¥ uey) ssa9| sysom
pue sayoul g1 Aq 24§ 4q /o
48T A[UO S3Unseaw 1 J9x
“3oueur1oyrad 10
Aypenb 9ndino ur zamod uonepeidap |
ou YA\ ‘PIIOM ) Ul dI1oymAue |
‘S1[0A ()2 03 96 WOIJ SUONIPUOD Ul \
Aup 13pun {91 () URY) SSI JO UONLI0)

-SIp JowIRY pue ‘ZHY(Z 0 ZHOZ Woij

Wipimplieg Jomod ypm ‘[auueyd I9d SNONURUOD
syem SINY 0SZ APea3s-y01 B SISAIRP 3]
‘[00D UIBWAI [[[3S pue Jamod JIsnuw [[nJ je J1aAd
-10J A[[eniua unt ued 31 310JaI3Y} ‘S [ .- A Pue
$9qM) wnnodea ‘si0jsisues [[e sande[d jey) uon

-BpeIZIP [BULIDY) 33 SIJeUIWId A[[B)0} I]
‘sI9Mji[dwe [BUOUIAUOD [[B
Ul SUONBIIWI] JUIYUI JIB Jel) SUOILIOISIP UON)
-B[NPOULI3JUI JUSISURI) PUB SUONBIO[0D A3Pd 9}
sassedAq pue S[I9A Y3 S3JI[ 3] “Sunjooysiapun

PHQAH S HoS4apUIL-4I1] BY]
ADJUDI-UADAQ G1YD 1D1LFIP AN()

10 3unjooysiaAo Jo a[qedeour A[[e1d)1] sI
Jey} [eUSIS Jo91ad-jusisuer) e sadnpoid J]
‘punos [eut3Lio Y} Woljf
9[qeysINBunsipul A[[eniia
J1 S9xeW Jey) Aem B Ul disnul
JAI[ Jo Ajl[enb-9JI] ‘uLrem
“Qualque 3y} noA s3uLiq |
‘Pt pue op 0} paLy
aaey uonedduwe jo sadA)
snoraaid [[e jeym s3op I
¢OP )1 SA0Pp Jeym Ing
AYIN
‘s19yeads ayy 03 Ap3oauaip A[ddns
Jamod ay) JunauUod 33D ul
‘suonouny duewLIopdd s[onuod
pue [eusis ay) sassadold
U21ym 21301 33 SUIUIejuod
smnpow ut-3njd e —puqAH 4SA
UOSIIPUIY-YILI[[] Y3 — 191U ureiq,,
dryo ensip 24z 49 ,1g onoxo ue
AQ Pa3(]013U0D SI UOIOUNJ JINUS Y ],
‘[eUSIS OIpNE PIaYINIMS I} WOiJ
), UONB[NPOW I} SOPOIIP UY} HI0oM
-Jou 3uLI3){l} B pUB UOL}R[NPOW
.._,b y3pim-3sind papod-13ndwod
, © 0] [eudIs angojeue olpne
V] 9} S}LAU0D UO013s duwre 3y J,
© (CA13INDIID INO Ul SJUIW SUIYdIIMS
JSI1J 93} 4B ISAY L) "ZHHGZ e Surydyims
Aq ‘a5e)]0A 1BY) BUnR[NPOW-IABM-21BNDS
usy) pue ‘H(J [943] 38e3[0A PIJe[NFaL B 0] U}
‘(] 03 dUI] IPAD (9 ) FunadAU0d Aq 19mod
pae[ndal Jo sypem ()G, siaalep Ajddns zomod
Y L :SIY3 9YI[ SYI0Mm AN NI SUrydums Jsda
Ajluiyug 9yy ‘pajeIsiapun A[qerapisuo)
uoneuejdxd jduts-0s-)ou e
ISHIOM JI MOY
19ndwod [eydIp e se swioliad
Rydwy Suyims JSg ayp ‘A[[enusssy

‘A1ddns 4amod pajpin3as
110 ()G 410 St S1Y |

1 dwe ue se s3je[nd[ed 1 ‘A[[ednewsjewt
‘31 10] pIom Ino Iye) ng snbedo 9|
B pue jB3qJJo Spunos Surydjims (J ssey)
J0 3da0U0D 33 JBY) MOUY IM
"PU0J3S B JO SYIUOI[[IWl OM) JO el
93 e 10— puodas 13d sawn 000‘00S Ho
pue uo [eudis oy saydIms Ajduwis 3|
‘Y231ms e se ng ‘uonediyrjduwe 10§
JOU J03SISURI) AY} $Isn ) ‘uonerado jo
apow Areuonn[oads Anay e sfojdua
Joaamoy Jaidwy Sulydims 4Jsq
9y [, "uorjedyjiidwe 10y 301A9p 119
pasn aaey ‘(Lg-A Areuonnjoas ay)
Jurpnpour) 10ISISULI) 10 IQN) WNNIBA
_UPRYM ‘93ep 0} srayrdue [y
"MOU [[JUN — J[gB[IBAR PUNOS }SaULJ
9y} paonpolid aaey Yorym I [eO1I9A 9y} pue
sagny wnnoea Sulpnduj ‘pliom oIpne Jy) ul
— pJeay 10— UJIS 1349 JuryjAue sasdifoa 1 ‘sdue
-wr031d uf "mau A[[ejo) aue punos s jo Ajuind
I[N ‘pajuspadardun 3y) pue A30[0Uyd9)
1_ndwod s31 Jo
uoneonsiydos
9y [, ‘stayrduwe
SunsIxa yym uowr
-wo0d ur uryjou
sey, Jaydury
SUIYONMS
(8uissadoi] [eudig
[eN31q) 4SA Auyu] 3y,
"JOBJ ST oW1 3y J,
‘suornjedijdde soedsolde d1jOxa Ul A[uo 3sn
urt sajdourid 51u01399(9 pue dijeway ew uodn
paseq A3ojouyda} oipne mau Jofew e Jo p[o}
SIOWII 3SAY [, "eIUIOJI[B)) ‘I eSoue ) ul dnoid
dAnjeULSRWI JOYJBI ‘SIA[ISINO 0S ABS Op IM JI
‘pue ‘3unoA e ‘Ajruiju] je uo surod uonedyduwe
(1 SSB[D Ul I0M PIDUBAPE JY) JO SIOWNI PIEIY
Sey P10 OIpNe JY) ‘MOU SIBIA JWOS 10

ZH 000°00S 10 Y2i1ms 42y ]
"SA0ISISUDA) Admod
omj 4n()

*3)9]0SqO SASojouyd) YgIdure snoiadid [fe sayeu J|
~egndury Suryoymg 4SA Anunug oy,

Check No. 19 on Reader Service Card



The S300
alternative.

i SAE MARK XxVlI
Dual-Channel Equalizer

Your tone controls are just not
designed to compensate for
ORoom acoustics

OSpeaker placement

OOId or bad recordings

We built the Mark XVII Equalizer to

solve these problems and more.

These are some of the ways:

OIndividual Octave Control for each
channel

OLong throw, oil-damped linear
slide pots for greater accuracy

ODual range operation (controls
operate over either £8dB or
+16dB)

Plus

OCapable of driving any system

OLow distortion—less than 0.03%
THD and IM

OLow noise—greater than 90dB

(Js-year parts and labor service
contract

[OSAE’s reputation as the finest
manufacturer in the audio field

You’d have to look a long time to
find an EQ that delivers this much
value. SAE innovation has done it.

Components for the connoisseur.

Scientific Audio Electronics, Inc. :
P.O. Box 60271, Terminal Annex H
Los Angeles, California 90060
Please send me the reasons (including available liter-
ature) why the SAE MARK XVII Dual-Channel
Equalizer is the “$300 Alternative.

NAME P
ADDRESS —

Check No. 41 on Reader Service Card
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Joseph Giovanelli

50- and 75-,5 Pre- and
De-emphasis

Q. Please explain 50-microsecond
and 75-microsecond pre-emphasis at
the FM transmitter and 50-micro-
second and 75-microsecond de-em-
phasis at the FM receiver. | have no-
ticed that some receivers and tuners
have a switch for selecting either one.
Does the 50-microsecond de-empha-
sis circuit produce a brighter sound?
/Larry Cook, Albany, Ga.

A. In FM broadcasting, as with tape
and disc, we boost treble during pro-
duction or broadcast and reduce it
during reproduction to compensate
for the boost. This results in less noise,
but the amount of initial boost must
equal the amount of later frequency
cut or the frequency response will be
altered. This is accomplished with a
combination of a resistor and a ca-
pacitor. Any network of this kind will
have a specific frequency boost or
cut, starting at a given point and con-
tinuing at the given rate to the desired
frequency. Beyond the designed-in
frequencies, however, the network
may not remain effective.

Simply, when a capacitor and resis-
tor are connected in series and a volt-
age is impressed across it, it takes time
for the capacitor to charge. If the ca-
pacitor is already charged and then
connected in parallel with the resister,
it will take time for the capacitor to
discharge into the resistor. These
charge and discharge periods are said
to be the “time constant’ of the com-
bination. Since several combinations
of resistor/capacitor elements will
produce this same time constant, the
amount of boost or cut can be stated
by using the time constant of the

About The Cover: For this im-
pressionistic cover depicting
microphone use during WW I,
we borrowed an RCA Model
44B mike from Bob Paquette.
Introduced about 1937, most ra-
dio stations used the 44B
throughout the 40s, and it was
standard for network radio.

components which make up the cir-
cuit, rather than the amount of boost
or cut involved and at what frequen-
y.

Most FM stations use a 75-micro-
second boost requiring 75/1,000,000
of a second to charge or discharge a
network. (Actually, the formula is
lbased on a charge of 68 percent of the
imaximum possible charge that the ca-
jpacitor can hold, and a discharge to 32
jpercent of the full original charge.)

Using a 50-microsecond cut while
llistening to a station broadcasting
with a 75-microsecond boost, the
treble will be a bit brighter than oth-
erwise. FM stations which broadcast
in the Dolby system use a 25-micro-
second frequency boost at their trans-
mitters for increased listener com-
patibility between Dolby and non-
Dolby equipped receivers.

Loudspeaker Flux

Q. Please explain what the word
“flux”’ means, as applied to loud-
speakers. Does more flux make a
speaker sound better?—Richard
McHale, Upper Darby, PA.

A. Flux describes the amount of
magnetism, in this case, in the voice-
coil gap of a loudspeaker. It is mea-
sured in oersteds (the old term was

gauss). Generally, the more gauss

present, the better. The amount of
flux will affect the efficiency of a
speaker and the amount of control
which amplifier damping can exert on
the motion of the speaker cone.

Direct-coupled Amplifiers
Q. What is a “direct-coupled” am-
plifier and how is it different from

other amplifiers?

Ronald L. Ambrogi
Brooklyn, N.Y.
A. A direct-coupled amplifier is
one in which the signal is transferred
from one stage to the next without
coupling capacitors. Because capaci-

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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Automatic reverse has not been generally
associated with high quality in tape recording.
But as Dual has long proven with automatic

.~ turntables, convenience can accompany precision
TheDual =
+ o Since the primary reason for selecting

~ a cassette deck is its performance quality, let's

cassette deck.

consider this first. With standard tapes, the
frequency response of the Dual cassette deck
- extends from 20 to 14,000 Hz at £1.5dB and to
17,000 Hz at £3 dB. Wow and flutter (DIN
weighted) is 0.07%. Harmonic distortion is less
than 1.5%, and signal-to-noise is greater than
T S T 50 dB; 59 dB when the Dolby system
oA G20 is switched in.
The motor is Dual’s well-known
® Continuous-Pole/synchronous
® = motor which has long proven its
A reliability in our finest automatic
: turntables. A precision-ground flat
belt transmits power to the capstans.
A separate drive belt powers tape
take-up. The VU meters are ballistically
damped to provide precisely the rise time and
‘overshoot characteristics specified for broadcast
quality meters.
| Now for convenience. Automatic reverse
~lets you double the playback time of any cassette.
"~ Continuous-play lets you hear both sides over
~ andover until you shut the machine off. Recording
' . & isbidirectional, eliminating the need to turn the
The hm - cassette over at the end of side one. Rewind time
=18}

for a C-60 cassette is 60 seconds flat.

] h t | A % . ; G
high-performance == it

. B i Duali el f . 3 | ‘

preCISIGn deCk . valinappearance: clean, functional, uncluttered

I you own a Dual turntable, you've come to
appreciate these qualities. And if you're about to
A | E ]
) 8 TS
. i
automatic
_ g
reverse.
o | |

niceties of the Dual. The meters tilt up for viewing
from across the room. The viscous-damped
cassette holder rises smoothly and silently when
the eject button is pressed. The built-in Dolby test
oscillator precisely adjusts for any tapes, today's
or those of the future.

In short, this cassette deck was designed
with the same philosophy that Dual has espoused
for years: the most serious audio equipment can
also be the easiest and most convenient to use.
Price: $450.

own a cassette, you'll appreciate some additional
e

United Audio Products
120 S0. Columbus Ave., Mt. Vernon, N.Y. 10553

Exclusive U.S. Distribution Agency far Dual

Check No. 11 on Reader Service Card



tors introduce phase shift, their elimi-
nation removes this problem. Their
elimination alsa saves parts and there-
fore lowers cost a bit.

The disadvantage is that the voltage
of the early stages affects the oper-
ating point of the later stages. A fail-
ure in any of the early stages may
bring about failure of the later stages.
This can prove costly. Fortunately
small-signal transistors and 1Cs used in
these early stages are not highly prone
to failure.

Direct-coupling is widespread in
transistor amp drcuitry. It was used
only very occasionally in tube amp
circuitry.
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Equalizers

Q. Please explain the use of an
equalizer in a four-channel com-
ponent system. Are two equalizers
necessary? Where is the equalizer
connected within the system? Some
manufacturers claim their equalizer
enables the user tc increase the vol-
wme of certain instrumental sections
and enhance the performance of a
given soloist. If this claim is true, how
does an equalizer accomplish
this?/Roy Clark, Chicago, Il

A. Amplifiers have bass and treble
tone controls. They enhance the
sound quality of the system by en-
abling the listener to add or remove
iEh R
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bass or treble from specific program
sources. Such controls are a form of
equalizer. Today’s "full’” equalizers
are more sophisticated. Rather than
dividing the audio spectrum into just
two segments, these devices take nar-
rower segments of the response and
boost or cut them. A segment usually
is one octave wide, but can be nar-
rower depending on the design of the
equalizer and the desired uses.

Considering we can hear over a fre-
quency range of perhaps 10 octaves,
we might have 10 separate tone con-
trols for each channel. If we divide the
spectrum into even smaller segments,
we would have even more controls
and, in so doing, can correct peaks or
dips in room or speaker response. But
this flexibility brings with it the com-
plications involved in trying to use all
these controls effectively.

If an equalizer can correct for prob-
lems in a stereo or mono system, it
can also be used successfully for four-
channel sound systems. It would
probably be easiest to install the
equalizer after the matrix decoder on
a matrix four-channel system. For dis-
crete channels, it would be placed be-
tween the discrete source (decoder,
tape machine, etc.) and the individual
channel inputs.

Most equalizers sold are stereo
units. Such a unit can be used to con-
trol the equalizations for two chan-
nels, requiring two such units for a
four-channel unit. Some equalizers
have a set of controls which affect
both channels at one time. But if each
channel has its own set of controls to
adjust for room acoustics, more flexi-
bility is available. Some equalizers are
sold as single-channel units. You
would then need four of them, one
for each channel.

Equalizers can occasionally be used
to increase the volume of certain in-
strumental and vocal timbres, though
this is not always successful. !f an in-
strument has most of its acoustical en-
ergy concentrated in a certain portion
of the frequency spectrum, the equal-
izer can be adjusted to bring up only
the portion containing that instru-
ment. Conversely, an instrument can
be subdued by turning down its por-
tion of the spectrum, But if more than
one instrument or vocalist shares a
portion of the spectrum, everything
will be affected when that portion is
adjusted.

Equalizers can totally destroy the
sound of a system when used improp-
erly. The highest quality sound system
can be made to sound like a table ra-
dio if the equalizer is not adjusted
properly. won
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"The Sony TC-756 set

new records for performance
of home tape decks.’

(Stereo Review, February, 1975)

Hirsch-Houck Laboratories further
noted, “The dynamic range, distortion,
flutter and frequency-response per-
formance are so far beyond the limita-
tions of conventional program material
that its virtues can hardly be
appreciated’”

The Sony TC-756-2 features a
closed loop dual capstantape drive
system that reduces wow and flutter
toaminimum of 0.03%,logic controlled
transport functions that permit the
feather-touch control buttons to be
operated in any sequence, at any time
without spilling or damaging tape; an
AC servo control capstan motor
and an eight-pole induction motor for

each of the two reels; a record equal-
ization selector switch for maximum
record and playback characteristics with
either normal or special tapes; mic
attenuators that eliminate distor-
tion caused by overdriving the micro-
phone pre-amplifier stage when using
sensitive condenser mics; tape/source
monitoring switches that allow instan-
taneous comparison of program source
to the actual recording; a mechanical
memory capability that allows the
machine to turn itself on and off auto-
matically for unattended recording.

In addition, the TC-756-2 offers 15
and 7% ips tape speeds; Ferrite &
Ferrite 2-track/2-channel stereo

three-head configuration; and symphase
recording that allows you to record FM
matrix or SQ* 4-channel sources for
playback through a decoder-equipped
4-channel amplifier with virtually non-
existent phase differences between
channels.

The Sony TC-756-2 is represent-
ative of the prestigious Sony 700 Series
—the five best three-motor 10%-inch
reel home tape decks that Sony has
ever engineered. See the entire
Sony 700 Series now at your near-
est Superscope dealer starting at
$699.99.

SONY@ Brought to you by

T ——————
__SUPERSCOPE.

&)

SONY.
1

Froe s wADS e bR

*SQis a trademark of CBS, Inc. © 1975 Superscope, Inc., 8150 Vineland Ave., Sun Valley, CA 91352. Prices and models subject to change without notice. Consult the

Yeliow Pages for your nearest Superscope dealer.



You're looking
at our attitudes
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Rabco ST-7 430

We've been at the business of high fidelity for a long
time. And still, every so often we ask ourselves,
“What's it all about?”

For us, it's certainly not about mass production, nor
about squeezing products into traditional “price
points”. What we are about is tofind, without qualifica-
tion, the best way to reproduce music in the home.,

Of course we've had our disappointments. We re-
member a “shelf” unit that couldn't fit on any shelf
known to mankind.

But then there have been our triumphs,

We believe the products in this advertisement are
the finest expressions of the attitudes that motivate
us. They are diverse, but consistent with our commit-
ment to bring the highest quality to every function of
music reproduction.

The new Harman/Kardon Rabco ST-7 turntable is an
excellent example. It plays a disc in precisely the way
the cutting head made the master record. The arm,
carried by the remarkable “rolamite” bearing, moves
across the disc in a straight line. The result is a cas-
cade of zeroes. Tracking error? Zero. Skating force?
Zero. Stylus overhang? Zero. Horizontal friction?
Zero. Vertical friction? Zero.

Simply stated, the new ST-7 provides a way of playing
music in the home that obsoletes conventional piv-
oted arm turntables.

Diverse and consistent. The Citation 16 amplifier is a
remarkable synthesis of brute force, technological
precision and sonic sensitivity: awesome power
with flawless performance. When measured by the
criteria that together most accurately predict musical
results—square wave response, slew rate and rise
time—-Citation 16 is without peer. The excitement
we feel at Harman/Kardon these days is in part due
to the reaction from audiophiles who have experi-
enced Citation 16.

=

A401 Citahon 16

Diverse and consistent. The ST-7 and Citation 16
expand the boundaries of state-of-the-art. The result-
ing new technology is soon incorporated in other
products. The new A401 integrated pre-ampilifier and
power amplifier does not produce the absolute power
levels of Citation 16. But its square wave response,
slew rate and rise time reveal its genealogy. We can
conceive of no better recommendation for the first
time “investor” in high fidelity.

Diverse and consistent. As the 430 receiver vies
for visual attention on your dealer’s shelf, it may
seem almost diffident. Don't believe it! For within its
graceful contour lies such power as to meet truly de-
manding dynamic conditions—without compromise
of sound quality.

The source of the 430's energy is not the conventional
single power supply. It has two discretely separate
power supplies—-one for each channel. Consequent-
ly, no matter how much energy is called for by
dynamic music passages, performance of one
channel is not affected by the other. The features of
the amplifier section (twin power, square wave
response, phase linearity, instantaneous transient
response) and many elements of the tuner
and preamplifier sections are inherited from our
Citation series of components.

There is simply no comparison between the 430 and
other modestly priced receivers. Its performance can
be appreciated most by direct comparison with ex-
pensive individual components. The 430 demon-
strates, upon the very first hearing, that quality need
not be sacrificed to achieve the economy of size,
convenience and price.

Of course you're looking at new high fidelity instru-
ments. But the attitudes with which they were con-
ceived and built are their very essence. We'd like to
tell you much more about them-directly—without cir-
cled numbers or coupons. Write to us. We'll respond
promptly. Harman/Kardon, 55 Ames Court, Plainview,
N.Y. 11803

Harman/Kardon Canada Lid. Montrea

harman/kardon
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THE FIRST!

PREAMP BY BGW

THE BGW 202 HAS —

e Dual discrete OP amp phono stage
for unprecedented accuracy

® Active tone controls using sliding
step switches

e Active 18-dB/OCT. High and low pass
filters

e Two phono inputs plus accessory
socket for moving coil pre-preamp
converter

e 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.

BGW Systems
P.O. Box 3742
Beverly Hills
CA 90212
SYSTEMS | (213)973-8090
in Canada... Recrion, Limited
105 Denison St.
Markham, Ont
(416) 495-0880

Check No. 4 on Reader Service Card

[ Tape Guide

Herman Burstein

Tape Recording Problem

Q. The quality and volume of the
sound from tapes | record on my
TEAC 6010 are much lower and poor-
er than the program material, even
though the VU meter shows proper
deflection. When | play tapes on oth-
er machines the sound is OK. What
can the trouble be?—P. Y. Kosol,
Winnipeg, Canada.

A. Your VU meter may be mis-
calibrated, causing it to give too high
a reading, thus leading you to record
at too low a level. Or you may have
insufficient bias current feeding to
the head, due to a defect in the bias
oscillator and the record head, or to a
misadjustment of the control which
sets the bias current. If your record-
ings also include excessive high fre-
quencies, you probably have in-
sufficient bias. Another possibility is
that there is a defect in the record
electronics following the point where
the signal is tapped off for the VU me-
ter. This could cause insufficient
record signal at the record head.

Tape Recorder Care
and Operation

Q. Where can | get a book telling
me how to get the best results from
my tape recorder? The instructions
which came with my Radio Shack 909
are very brief. | also need to know
what is correct routine main-
tenance.—A. L. Hall, Portsmouth,
N.H.

A. Every tape recorder maker |
know of produces a service manual
for his machines, either available free
or for a dollar or two (although ser-
vice manuals for very new models
sometimes are not available for some
months after they are first on the mar-
ket). For books dealing with tape
recorder use and maintenance, go to
the largest parts distributor near you.
If none are within your area, write to:
(1) Howard W. Sams & Co., Inc., 4300
West 62nd St., Indianapolis, Ind.
46206, (2) TAB Books, Blue Ridge Sum-
mit, PA. 17214, (3) Audio Book Club,
134 N. 13th St., Phila. Pa., 19107. Sams
may be best for specific service infor-
mation on a particular machine.

12

Adding Dolby to O-R Tape Deck

Q. | am considering adding a
Crown $X824 tape deck to my system.
This machine has excellent specifica-
tions, but since money is no object |
am considering adding the Advent
Dolby B unit to it. Will I be helping or
hurting the sound otherwise obtain-
able with the Crown?—Llee A. Swo-
boda, Long Beach, California.

A. The Advent should not degrade
the quality of the recordings you
make with the Crown, but it's not
likely to improve them audibly at the
higher speeds. If you use the Crown at
low speeds, there should be some im-
provement. The rule is, the better the
tape machine to begin with and the
higher the tape speed, the less im-
provement Dolby will make.

Cassette machines, running at 1-7/8
ips, and with very narrow tracks, four
across a 1/7-in. wide tape (!), get
much more help from Dolby noise re-
duction than do open-reel machines
using 1/4-in. tapes, at higher speeds.

Which Tape to Use?

Q. | own a Sony TC630 machine.
I’m getting into some serious record-
ing using Sony FCM-22 mikes. | un-
derstand that Sony adjusts bias to its
own tapes. Until now I have preferred
to use Audiotape. Do you think |
should either use Sony tapes, which
are more expensive, or readjust the
bias to Audiotape?—Neil Davidson,
Stamford, Conn.

A. Are you sure that you must have
bias adjusted in order to use Audi-
otape? If bias does indeed have to be
changed, consider the following. Un-
less you have the instruments and
technical knowledge, the adjustment
must be made by a competent techni-
cian. His charge will be between
$15.00 and $25.00, perhaps more, and
this could pay for the price differ-
ential of quite a number of reels of
tape. wn

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. Alt
letters are answered. Please enclose a stamped,
self-addressed envelope.
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60% of BOSE Owners
Changed Our Mind

While we enjoy talking about the technology that
distinguishes the BOSE 901®and about the urprec-
edented series of rave reviews by leading critics,
the purpose of an advertisement is to increase sales
by introducing more people to the product.

A surprising result of a customer survey changed
our mind as to the most effective use of advertising
funds. It revealed that 60% of the people who se-
lect the BOSE 901 do so atthe recommendation of
a 901 owner! This told us that the best advertise-
ment is the product, and the best salesman is the
enthusiastic owner.

We concluded that an excellent use of advertising
funds would be to help set up an absolutely phe-
nomenal music system in as many owners’ homes
as possible. Known as the SUPER BOSE SYSTEM,
it consists of the 1801 power amplifier and two
pairs of 901 speakers. One pair of 901s is placed
to reflect sound off a front wall, and the second
pair reflects off side walls, producing sound with
spatial realism and presence that is simply
astounding.

MBOSE

Our program in setting up these systems in owners’
homes is to provide the SECOND PAIR OF 901s
FREE to all those serious enough to purchase a
component system consisting of the 1801 ampli-
fier and a pair of 901s. We have allocated sufficient
advertising funds to cover ali purchases made from
October 15, 1975 to January 15, 1976.

We believe that the SUPER BOSE SYSTEM is the
best music system available today.

And we believe that its owners will be the best
BOSE salesmen tomorrow.

One equalizer is required for the Super Bose system, and accordingly
the second pair is supplied without equalizér.

This offer is good in continental U.S.A., Alaska and Hawaii only.
901 cabinet is wainut veneer.

MBOSLEK -

The Mountain, Framingham, MA 01701




Four questions you
multiple-play

Does it perform as well as any single-play turntable?

e v\ There are some who believe that a single-play turntable is somehow
inherently better than a multiple-play unit. All right—the Z2000B is a
single-play turntable. [ts capacity to function as a multiple-play unit offers
convenience with no compromise of performance. The automatic mech-
arism which gently indexes the arm, lifts it at the end of play, returns it to
the arm rest and shuts off the motor—is completely disengaged during
record play. A 2-position control sets the proper vertical tracking angle
for single or multiple play. The Z2000B can truly be called the automated,
single-play turntable with multiple-play capability.

L

Does it have belt-drive and variable speed?

Garrard engineers have attained remarkable results by combining the
world famous Synchro-Lab motor and an inventive belt/idler drive com-
bination. A 5 Ib., die-cast, dynamically balanced platter is rotated via a
flexible belt. Not only are the tiniest fluctuations of speed smoothed out,
but an extraordinary -64dB rumble is only one example of the impressive
specifications achieved. A variable speed control corrects out-of-pitch
recordings and an illuminated stroboscope provides optical confirmation.
The Z2000B combines all of these elements to achieve the main goal of
Garrard engineering: superior performance at reasonable cost.

Does it handle records gently?

& All responsible turntable manufacturers are concerned with protecting

== : vour records. With Garrard, it’s an obsession. The Z2000B boasts an array
of features designed solely to prolong the life of your records. In addi-
tion to the exclusive, articulated tonearm. it incorporates an exceptionally
accurate magnetic anti-skating device. Cueing is viscous damped in both
directions. The ingenious built-in automatic record counter keeps track
of how many LP sides the stylus has played. And unlike some of the
highest priced changers that support records only at the center hole, the
Z2000B supports them at the hole and edge, and the release mechanism
operates at hoth points. Protection for your records indeed!

Does it eliminate tracking error?

® V 4/4 / The grooves of a record are cut by a stylus that travels in a straight line.

/ Conventional playback tonearms move in an arc. The difference between
these two paths is called “tracking error” Simply stated, tracking error
launches a cycle of distortion and record wear. In good design, the error
is averaged over the record so that distortion is minimal. But such com-
promise was unacceptable in the Z2000B. What Garrard engineers did
about it was summed up by High Fidelity Magazine which described the
Zero Tracking Error Tonearm as “. .. the best arm yet offered as an integral
part of an automatic player” The Z2000B is the on/v automutic turntable
in the world without tracking error.

For your free copy of the New Garrard Guide, write to Garrard, Division of
Plessey Consumer Products, Dept A, Plainview, New York 11803.
Check No. 16 on Reader Service Card



must ask about any
turntable.

$229.95



[ Behind The Scenes

has arrived for its appointed round,

and the end of the year is nigh, and
it is time for the rotund little chap in
the red suit and “Ho, Ho, Ho"" and all
that jazz.

How did the hi-fi industry fare in
19752 It certainly wasn’t “the best of
all years,” but it was a great deal bet-
ter than most people expected. That
the industry weathered this recession
year as well as it has is continuing
proof of its basic strength. Yet there
were warning flags flying in 1975, and
the industry will jeopardize this
strength if these signals are ignored.

In 1974, the FTC ruling on power
amplifier rating, with its controversial
“burn-in”’ provision, became law.
That it caused consternation within
the hi-fi industry is to put it mildly.
Audio engineers en masse, led by col-
league Len Feldman, Chairman of the
IHF technical committee, denounced
the “burn-in” period as “harmful”
and not ‘’relevant to the normal mode
of amplifier usage in the home.” In
spite of documenting to the FTC that
compliance to the ‘“conditioning”
provision would in most cases require
technical modifications to the ampli-
fiers that would ultimately mean high-
er costs to the consumer, the FTC has
barely budged from its position. It ap-
pears the FTC knows that they made a
bad ruling and in fact have been look-
ing for a way to retreat from their po-
sition without causing themselves too
much embarrassment. What we must
remember is that part of their in-
transigence is due to the fact that they
consider that they gave ample time
for the hi-fi industry to study the pow-
er amplifier ruling and suggest pos-
sible changes or amendments. It must
be admitted that by and large the in-
dustry ignored this matter, and when
they finally did become aware of the
perils of this ruling, it was already too
late.

The latest word is—and this is only
at the “opinion” level, not the full
“promulgated ruling” level—is that
the FTC will allow an amp’s thermal

I SEE BY my calendar that December
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Bert Whyte

cutout to operate during the pre-
conditioning until the required one-
hour burn-in time has been accumu-
lated.

! have a feeling that the power am-
plifier ruling of the FTC is just the tip
of the iceberg. Government agencies
are always trying to perpetuate them-
selves and justify their existence. Inev-
itably, other aspects of the advertising
and promotional activities of the hi-fi
industry will come under FTC scrut-
iny. Now please don’t misunderstand
me ... I'm not saying the hi-fi industry
has anything to hide or is in any way
engaged in any chicanerous practices.
In fact, as | have said many times be-
fore, the industry is virtually unique as
one of the last bastions of the "“good
value for the money"” philosophy.
Nonetheless, it is conceivable that the
wording and even the validity of
product specifications and perform-
ance parameters might be ques-
tioned. Let us not delude ourselves
that manufacturers do not interpret
specifications to their competitive ad-
vantage in their advertising. This is, of
course, entirely due to a lack of hi-fi
industry standards for the various as-
pects of product performance. One
cannot blame the manufacturer for
taking the “leeway’ this affords in
quoting specifications.

For some time now, there has been
a groundswell of opinion in favor of
the establishment of performance
standards for all audio equipment. In
view of the unfortunate experience
with the FTC power amplifier ruling,
the industry should act now to estab-
lish these standards. The IHF could be
the regulatory body for such stan-
dards and, as noted previously, has al-
ready in existence a technical com-
mittee which could initiate this pro-
gram. It is realized that there are many
types of audio components, with
many different performance para-
meters and formulating standards for
them will be technically difficult and a
most arduous task. However the need
is obvious, and the time for action is
now, if further brouhahas with the
FTC are to be avoided.

Writing in the September, 1975 edi-
tion of Radio-Electronics, Len Feld-
man points out some of the “‘incon-
sistencies” in the quoting of signal-to-
noise ratio figures for phono pre-
amps and turntables. For example, if a
phono pre-amp stage has a true input
sensitivity of 2 millivolts at 1 kHz with
the usual test procedure, the S/N ratio
may turn out to be -55 dB, and be ac-
curately quoted as ‘“-55 dB below 2
mV.” However, for some years now,
in this country and abroad there
seems to be a “tacit agreement or ac-
ceptance’” among manufacturers to
the use of a “reference’ phono input
sensitivity of 10 mV. Thus, while the
manufacturer states the true input
sensitivity (i.e. 2 mV), they quote the
S/N ratio at the “reference” input of
10 mV, which magically improves the
$/N ratio by 14 dB and enables them
to state the specification as ’-69 dB
below 10 mV.” While this may seem a
deplorable practice, most of the man-
ufacturers do it in self-defense, much
in the same fashion of using the term
“rms’ in rating power amplifiers, in
which the use of rms is not really rele-
vant. Len also relates a similar situ-
ation in the manufacturers specifica-
tions for the rumble content of turn-
tables. There are four different meth-
ods of measuring rumble ... the NAB,
CBS/ARLL, and the German DIN A
{unweighted), and DIN B (weighted).
{And don’t forget the CCIR standard,
Bert.—Ed.) In all of these methods,
the turnover frequencies are differ-
ent, the rate of attenuation for the fil-
ters is different, and they do not em-
ploy the same “reference” frequency
or amplitude in establishing the “0
dB” point, below which the rumble is
measured. Thus, depending on the
actual distribution and amplitude of
the rumble frequencies in a turntable,
the manufacturer can choose from
among the four methods, that which
gives the highest “number” and
therefore the most favorable rumble
specification.

Another provocative and informa-
tive article on the use and abuse of
test procedures and the interpretation
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 TWICE AGAIN,
HISTORY REPEATS ITSELF.

Carrying on the innovative tradition of our almost
ninety year involvement in music,
Yomaha announces a double breakthrough in all-FET technology.

Yamaha's B-1.

Yamaha's C-1.

At $1800), you've never seen a pream-
plifier like this before.

It's so different we call it the Master
Control Center. You'll call it well worth
waiting for.

From input to output. it's the first
to use advanced FET's exclusively
throughout the signal path.

Yamaha's C-1 is made for per-
fectionists who appreciate the superb
clear tonality and exceedingly low dis-
tortion that only FET's can bring.

For advanced audiophiles who want
the complete control over literally
thousands of audio variables that only
the most advanced cireuits and fea-
tures can offer.

A built-in oscillator.

Consider the C-1's unique built-in
oscillator with level control, a profes-
sional test instrument that's usually
found only in sophisticated audio labs.

By generating both random “pink™
noise as well as the four most useful
test tones (70 Hz. 333 Hz. 1 kHz and
10 kHz), the C-1's oscillator can be put
to a variety of tasks:

Determining the precise phono im-
pedance loading. checking the fre-
quency response of speakers, A-B
speaker comparisons, setting up a tape
deck. balancing the output level of an
entire system, and balancing room
acoustics. You'll discover more and
more uses as you go ulong.

(A word of caution: because the C-1's
oscillator can be used externally. all
vour audiophile friends will want to
use it to test their own components.)

Where most other manufacturers
usea negative feedback design in their
phono equalizer amplifiers, Yamaha
specified the more sophisticated pas-
sive interstage equalizer (CR-lype).
The results were worth it:

Greater stability. lower distortion,
superior tonality.

In our all-out effort to reduce noise
at all preamp output levels (not just at

maximum output), the C-1 features a
unique four-gang volume control that
simultaneously adjusts inputs and
outputs.

You're totally in control.

With the C-1's selectable equaliza-
tion controls for presence and acoustic
balance, you enjoy the equivalent of
a separate equalizer. For those ocea-
sions when you dan’t want to use
equalization controls, the C-1's special
circuitry lets you bypass them
completely.

Another unique feature that sets
the Yamaha C-1 Master Control Center
apart from other so-called state-of-the-
art preamplifiers:

Six-position selectable phono imped-
ance that allows vour cartridge to be
precisely loaded for optimum high fre-
quency performance.

The Yamaha C-1's absolute control
over sound also ineludes a pair of extra
wide-range (—50 db to +6 db) peak
reading meters. Electronic damping
provides both faster peak readings
and slower decav. assuring precise
monitoring. You can also use the C-1's
meters {o monitor any external com-
ponent that doesn't have meters.

Writing in .ludio about our unique
metering system, Bascom H. King
stated:

“..by far the most accurate and
meaningful of any meter set-up seen
thus far?

Individual leve! controls let you
balance the input from all signal
sources, except the tuner. (Yamaha's
companion tuner, the CT-7000. has its
own variable output level adjustment.)
So the volume level stays the sume
when vou switch. for example. from
tape to phono, tuner to aux, ete.

And there’s more.

Enough that once you hear the
Yamaha C-1. youll never be satisfied
with another preamplifier again.

At $1600, it's already redefined state-
of-the-art amplifier performance in a
lot of people’s minds. Yours might he
next.

Revolutionary Vertical-FET design
produces a completely different kind
of sound. Clean, open and transparent.
With a richness that goes beyond the
best vacuum tube amplifiers.

And, up to now, unavailable.

Worth the wait.

As late asa few years ago. there
existed only two types of transistors:
bipolar and horizontal FET. Each
operated in a completely different
manner.

The bipolar device uses input
current to control output current. On
the other hand, the horizontal FET
uses input voltage to control output
current —a more suitable audio tech-
nique that's quite similar to vacuum
triode tube design. (Both use input
voltage to control output eurrent: both
have sharp cut-off characteristics
which eliminate high-order harmonics
and notch distortion.)

Ouly there was a small problem.

Because current pussuge was
restricted to a single path, the hori-
zontal FET didn’t produce enough
power to be used in the output stages
of a power amplifier.

Then. in 1971. Prof. Nishizawa of
Tohoku University drastically changed
the FET's internul structure. The
shape of the voltage-controlled con-
striction was altered to let the current
take an almost infinite number of
paths.

And so. the Vertical-FET was born.

During the past three years, work-
ing exclusively with Prof, Nishizawa,
Yamaha's engineers have brought the
Vertical-FET to the forefront of audio
technology, where it serves as both
driving and output devices in our new
B-1amplifier.

The B1's rated 150 watts per chan-

nel {20 Hz to 20 kHz, less than 0.1%
THD) are produced by only two
Vertical-FET output devices per
channel.

Compare that with the minimum of
six to eight output devices per chan-
nel found on most other amps!

Yamaha knows that fewer output
devices minimize the distortion caused
by out-of-balance output devices
during trausistor switching cycles.
And maximize tonality.

People are talking.

Here’s what Julian Hirsch of Stereo
Review had to say about the power-
handling capacity of Yamaha's new
Vertical- FET:

“Each of the FET's is about the size
of an ordinary power transistor, but
it can dissipate 300 watts!”

Audio’s Bascom H. King observed
that the B-I's power output at visual
onset of clipping for an 8-ohm load was
220 watts—46% over spec!

S0 you can see that our 8-ohm rating
of 150 watts is quite conservative
indeed!

Because the B-1 is used as a refl-
erence amp hy many of our dealers,
we supply an optional control unit that
can A-Bup to five pair of speakers and
balance them for efficiency at the head
amp. Without the insertion of T-pads
that degrade low-end response hy
decreasing damping characteristics.

It's called the UC-1. It costs $25().
And you don't have to be a Yamaha
audio dealer to own one.

Besides speaker switching, the
UC-Vs extra widerange peak delay
meters, with faster peak and slower
decay like those on the C-1 (but cali-
bratedin both dB’s and watts of power
output). offer an extremely precise
monitoring capability to your system.

Yamaha's C-1 and B-1. $3650 the
pair, with the UC-1 control unit.

After vou hear them together, you'll
never be satistied with anything less.

International Corp., P.O. Box 6600, Buena Park, Calif. 90620

Check No. 53 on Reader Service Card



The
CROWN
VFX-

electronic crossover

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

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

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

Overall noise and distortion are.
extremely low. IM distortion is less
than 0.01% at rated output, and
noise is more than 97dB below
rated output with open inputs.

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

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

The VFX-2 is designed for stand-
ard 19" rack mounting and meas-
ures in at 3%’ high by 5% deep
and includes a clear plastic cover
for protecting control settings.

Write for complete
specifications,

crown

BOX 1000« ELKHART, IN. 46514 - 219/294-5571
Check No. 6 on Reader Service Card

of manufacturers specifications ap-
pears under the title of “The Specifi-
cation Says ...” by Hugh Ford, writing
in the September, 1975 issue of that
most estimable British journal, Studio
Sound. Mr. Ford examines in depth,
measurement techniques for fre-
quency response, S/N ratio, input and
output sensitivities, total harmonic
distortion, and intermodulation dis-
tortion, as applied to various audio
equipment and warns us about inter-
pretive pitfalls. Speaking of Studio
Sound, if you are into professional au-
dio or if you are a very advanced audi-
ophile, this is a “must’” publication
providing comprehensive coverage
on audio subjects simply not available
elsewhere. Recent issues on quad-
raphonic sound and ambisonic
recording were real gems. If you want
to subscribe to Studio Sound, which is
published monthly, it will cost you the
dollar equivalent of 4 pounds, 20
pence; write to the magazine at Link
House, Dingwall Avenue, Croydon
CR9 2TA, England.

The authors of the aforementioned
articles have given us very cogent ar-
guments on the need for the estab-
lishment of internationally accepted
standards of audio measurement and
performance. Needless to say, this has
been true for many years ... let us
hope that we will have an end to pro-
crastination and assorted excuses, the
“backing and filling,” and finally get
some action.

As mentioned at the beginning of
this article, it seems that Christmas is
upon us. Although I may be stretching
the term a little, herewith some “su-
per stocking stuffers’” that should
gladden the Christmas spirits of any
audiophile. . ..

With the winter months ahead of
us, the heat will be turned on in
homes and apartments (Allah willing)
and the humidity will drop, and all
that dry air will bedevil our vinyl
records with static. The use of a humi-
difier helps some (supposed to be
better for your health, too) but | have
been testing a Jim Dandy gadget that
positively eliminates the static charge
on your precious discs. It is called a
Zerostat, and looks at first glance to
be similar to a white plastic toy water
pistol, with a large, elongated metal
trigger. The action is quite mysterious,
and the construction of the unit does
not encourage explorations into its in-
nards. However, as far as | can deter-
mine, it seems to be some sort of
““strain gauge’ affair. In any case, it
takes a fair amount of pressure to
squeeze the trigger. The instructions
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state that you must exert a slow con-
stant pressure on the trigger. If you
are too fast you will hear a“click” and
the desired reaction will not happen.
What is happening is that when you
fully depress the trigger in the proper
manner, a stream of positive ions is
flowing from the tip of the gun. By
then releasing the trigger in the same
slow controlled motion, negative ions
are produced. To test the Zerostat, |
briskly rubbed a record with a dry
cloth, and created enough static that
when | passed the disc just above my
arm, the hair on my arm was attracted
to it. Then, holding the Zerostat about
4 in. above the center of the record
(as per instructions), | went through
the squeezing operation. When |
passed the now treated” disc over
my arm, | could neither observe nor
feel any attraction . .. the static charge
had been completely removed. The
Zerostat is a British product and is im-
ported by the Discwasher Company.
It retails for $29.95. In my view, when
you use Dr. Bruce Meier’s Discwasher
system, which really does a super-
lative job of cleaning a record, fol-
lowed by a treatment with the Ze-
rostat, your record will be in pristine
condition.

For those fortunate audiophiles
who own professional tape machines,
they will dppreciate the AKG K-140
headphones, whose 600-ohm imped-
ance allows you to hear a signal at a
good level from the headphone jacks
of the tape machine amplifier. Add an
ingenious headband that easily ad-
justs to different shaped ““noggins,”” a
light weight of 6 oz., and an extremely
smooth and extended frequency re-
sponse, all for around $34.00, and you
have a worthwhile gift. There are oth-
er phones in the 600-ohm category,
but | happen to like the combination
of features on the K-140.

Another stocking stuffer that would
be a welcome gift for the tape record-
ing enthusiast is a professional quality
alignment tape, such as those made
by Magnetic Reference Laboratory,
on which | reported some months
ago. Price, around $30.00.

Lastly, the well-known CBS Labs
Technical series test records have re-
cently been updated and remastered.
There are nine of them covering such
areas as square wave, tracking and in-
termodulation tests, wide range pick-
up test, RIAA pink noise acoustical
test, RIAA frequency response, stereo
frequency test, etc. For the serious au-
diophile, they are an inexpensive, but
most thoughtful gift. See the ad else-
where in this issue for details on how
to order. wn

AUDIO ® DECEMBER, 1975



New from Acoustic Research

Introducing

A new family of loudspeakers from Acoustic Research

AR-10w

The AR-10m is the most
accurate musical reproducer
that Acoustic Research has ever
made. It shares the
characteristics of AR’s previous
speaker systems, smoothness
of response, uniform dispersion,
and low distortion. A significant
additional feature of the AR-10n
is its ability to deliver uniform flat
energy response in most
listening rooms.

Further, the designed-in
performance of the AR-10n is
preserved, whether the speaker
is positioned against a wall, in a
corner, or eveninthe middle of a
room. Setting a single switch,
called the ‘Woofer
Environmental Control’, will
ensure the correct level of bass
energy for any of these
positions. It is not possible to do
this accurately with conventional
loudspeaker designs or
equalization techniques.

AR-11

The performance, drivers, and
crossover of the AR-11 are
identical to those of the AR-10m,
except that the AR-11 does not
incorporate a Woofer
Environmental Control and the
associated crossover
components.

The AR-11 is designed for
optimum performance when
placed against a wall, as in the
conventional bookshelf position,
or slightly away from two
adjoining room surfaces.

Both the AR-10m and the AR-11
use a 12 inch acoustic
suspension woofer, a 1zinch
dome midrange, and a newly
designed 3 inch dome
highrange.

AR-MST/A

The AR Miniature Studio
Transducer offers at moderate
cost the flat energy response of
AR’s other new speaker
systems, together with the high
power-handling capability
required in many professional
applications. Along with the
AR-MST/1’s small size, light
weight, and shallow depth, these
characteristics make the
speaker especially appropriate
for the monitoring of
remote-location recordings as
well as the accurate
reproduction of music in the
home, even at relatively high
sound levels.

Guarantee

The workmanship and
performance of all AR speaker
systems are guaranteed for five
years.

A complete description of the
new family of AR speakers is
available free. Mail us the
coupon today.

Acoustic Research

10 American Drive
Norwood

Massachusetts 02062
Telephone 617 769 4200

AV

A TELEDTNE COMPANY

O

Please send me a complete
description of the AR-10m,
AR-11, and AR-MST/1
speaker systems.

Name

O

Please send me the AR
demonstration record ‘The
Sound of Musical Instruments’
(check for $5 enclosed)

Address

Aut2




Audio ETC

T FIRST glance, it might have
A been no more than atechnical

shift in merchandizing, that
casual announcement a few months
ago from EMI, Electrical & Musical In-
dustries of England. Far from it!
Profound implications for quad-
raphonic. A major record company
on the move. And look! There’s light
at the end of the tunnel.

Interesting that it should come from
EMI, the sobersided giant of British
conservatism, the same outfit that
took a leisurely five years or so to
make up its mind about the LP record
after 1948. Inertia! Big companies
have it. They can afford it. But
also—momentum, once they get go-
ing. Being conservative in England, af-
ter all, generally means being abso-
lutely unflappable. That’s EMI. EMl’s
momentum can shake the record
world. The new EMI decision: no
more quadraphonic records.

Don’t jump. —That is, no separate
quadraphonic records sold parallel to
stereo in a dual inventory. Instead,
once again we have a single basic EMI
classical disc, and history is timelessly
reversed, back to where we were be-
fore we had ever heard of four chan-
nels. And as things were before we
had stereo. And as they were before
the LP. Each of these technical innova-
tions brought with it, for awhile, an
uncomfortable dual inventory, two
types of disc and a sort of workable
compatibility, more or less. But within
years, in each case, the industry re-
turned to the traditional single re-
lease—just as soon as conditions per-
mitted. So it is happening again. How
very much in the old tradition, then, is
EMI’s present move! Positively classi-
cal. Here’s how it works.

EMI’s classical discs (the pop field

22

Edward Tatnall Canby

evidently is left open) will no longer
carry any special quadraphonic label
or number or price. However, almost
all classical releases—across the
board, the whole production—will
bear a new standard designation,
“stereo/quadraphonic.” Every one of
those records will be encoded for SQ
quadraphonic and there will be no
stereo equivalent at all. Does that, in a
casual British way, go far beyond Co-
lumbia itself, the SQ mother hen!
Rather. Quite breathtaking.

Depending on circumstance, some
EMI releases will be marked “stereo.”
No encoding. Solo instruments and
the like, where it is felt to be unneces-
sary. No implications of better or
worse, just a matter of aesthetic judg-
ment. All the EMI classicals are in
there together now, whether they
happen to be stereo or quadraphonic.
Single inventory. That is the key
phrase. The quadraphonic aspect, you
see, is both played up and played
down. On the one hand it is now tak-
en for granted, as though there were
no further argument, and is routinely
applied to the entire produc-
tion—that plays it up, all right. On the
other hand, quadraphonic is point-
edly integrated into the larger aspects
of record production, just another
useful tool among many that bring us
good music and hi fi on discs. That
correctly plays it down.

So infinitely reasonable! I'll bet the
mother hen is in a flap, over here.
We've had no such clear thinking
(and action) from anybody on this
side of the water, either from SQ or
CD-4. In fact, for all our quadraphonic
trumpetings hereabouts, we are still
floundering all over the place, or sit-
ting on uncomfortable fences with
sharp points that keep getting sharp-

er. An agony of noisy indecision and
dangerous for all concerned. Im-
perturbable EMI! Cooler heads over
there. EMI has stepped right in where,
er, Angel fears to tread. Not to men-
tion Columbia and RCA.

Curious, for instance that, though
the EMI story appeared in the trade
papers, CBS itself flashed out the news
in an “SQ Newsletter” to dealers and
hi-fi writers. Curious that in that letter
there wasn’t a word about CBS’s own
thoughts and intentions—and would
we all like to know them. Curiouser
still that the word ““Columbia’” did not
appear. The Newsletter came from
the CBS Records Division. From which
segment of CBS, in all its complexity,
did we actually receive this interesting
communication? And where was Co-
lumbia Records, the old mother hen
herself? Odd. Could we read a veiled
mini-hint here of some internal dis-
tress within the CBS empire? Could
be. Because, as you know, from the
very beginning of SQ the Columbia
policy has been precisely the opposite
of that now promulgated from EMI. A
dual inventory, separate stereo and
quadraphonic releases, side by side at
a dollar’s difference, the SQ product
conspicuously promoted as deluxe,
even to those gaudy gold labels.

Could it even be, | thought to my-
self, that the big British SQ tail was be-
ginning to wag at least a part of the
U.S. (Columbia) dog? (Here now,
enough of those mixed metaphors,
Canby. What would Nipper think?
—Editor.) Hmmmm. An interesting
thought. EMI is plenty big enough.
EMI is by far the largest of Columbia’s
SQ licensees and worth a hundred of
the others. Something must be going
on there back behind the scenes.
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Discover The Fourth Component!

You have a receiver. You have a
turntable. You have your speakers.
You think you have it made.

Well, think again. Think about the cartridge, because your
pick-up can make or break the performance of your audio
system. It's the part too many stereo beginners forget. That
important fourth part where the music begins.

You may not realize it, but your cartridge and its stylus
has first contact with the music in the grooves of your rec-
ords. But it doesn't just plod along round and round pro-
ducing all that sound. It's actually vibrating along the sides
of the grooves in an incredibly complex dance that repre-
sents all the music on the record. And all too quickly fer
your eye to see, but not for your ear to hear. Because if your
cartridge is faulty, no amount of expensive equipment . ..
speakers, turntable or receiver . .. will make up for the dis-
tortion it can produce.

That's why you need a cartridge you can depend on. One
that's the best your money can buy. Specifically, a Pickering:

Because a Pickering cartridge has the superior ability to
“move in the groove ...from side to side and up and
down without shattering the sound of your music...on
your records.

Because a Pickering cartridge possesses low frequency
tracking ability and high frequency tracing ability {which
Pickering calls frocgAbility ™). It picks up the highest highs
and the lowest lows of musical tones to reveal the distinc-
tive quality of each instrument.

Because only a Pickering cartridge can be individually and
easily suited to your music system. Each is rated with a
Dynamic Coupling Factor which tells the dealer immediately
what kind of turntadle or separate arm the pick-up needs
whether your system is stereo or discrete quad.

Your stereo cartridge. It’s the fourth part of your music
system that’s too impartant to forget. And so is a Pickering.

For further informaticn see reader service card

or write to Pickering & Co., Inc.

Dept A, 101 Sunnyside Bivd.

Plainview, N. Y. 11803 P CKERING
“for those who can hear! the difference”

Check No. 33 on Reader Service Card



With that SQ Newsletter there was
enclosed a Columbia ad offprint
showing a model who is buying up
dual-inventory SQ discs, conspicu-
ously marked quadraphonic. Was this
sent along just to contradict EMI? |
wouldn’t know.

Compatibility

In all the quadraphonic camps since
the beginning of four-channel disc
the loudest tune has been COM-
PATIBILITY. Every quadraphonic disc
always plays on any sort of equip-
ment. True, true. But oversimplified.
Trouble is, the sales people have
found themselves somewhat limited
as to what they can say on this subject.
Limited to superlatives. The fact is that
total compatibility is a very rare bird,
unless, let’s say, you mean one stereo

cally enough, the separate stereo
record which, at least in theory,
sounds better as stereo than the quad-
raphonic disc, even though both will
produce stereo on stereo equip-
ment—compatability. That’s the ar-
gument. And it can get to seem very
important to the engineers and pro-
ducers involved.

Yet, as EMI understands, time is on
the side of the quadraphonic engi-
neer. If quadraphony remains viable,
then the emphasis is bound to shift. A
stereo disc with quadraphonic en-
coding becomes, slowly but surely, a
quadraphonic disc that will play as
stereo. Stereo mixdown becomes the
secondary factor, as mono once did
when stereo took over. Moreover,
“compromise”’ recording techniques,
for both types at once, most certainly

Single inventory is the way out.

It can be applied to any compatible system.

disc and its twin, hot from the press.
“Compatible,” as everyone knows
who plays discs and tapes, means a
technical marriage de convenance, a
convenient marriage (with divorce
more or less taken for granted)—we
can get along together as long as we
have to. A working arrangement, for
the time being, and don't tell me oth-
erwise. So we have assorted com-
patible quadraphonic discs, but
there’s nothing permanent about the
relationship. Indeed, compatibility
has an important silver lining—it is dy-
namic, it changes as the scene
changes. The emphasis is shiftable,
right across from one side to the other
as necessity requires. That applies to
stereo/quadraphonic compatibility.

It is true, then, that EMI’s new com-
bined stereo and quadraphonic disc
involves a give and take, call it a com-
promise, between the ideal stereo
sound and the ideal quadraphonic.
They aren’t the same, and it is here
that Columbia, | think, gets very hot
under the collar at the thought of a
single inventory. Columbia has devel-
oped an experienced and dedicated
SQ team over the years; it keeps its
quadraphonic operations remarkably
apart from stereo, right down the line
from master tapes through separate
mixdown and pressing (and often in
the recording, where it all begins).
This is a valid idea and can be applied
to any quadraphonic production, as
opposed to stereo. So we have, logi-
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will develop—EMI has already satis-
fied itself on this score. So the quad-
raphonic boys will come back into
their own. Seems to me, this is a
worthwhile compromise to make, if it
will keep the quadraphonic art alive.

“1f"" is the word! Can the four-chan-
nel disc, any type, survive at all as
things now stand? | am beginning to
doubt it. So does EMI.

We have worked ourselves into
such an unyielding impasse over
quadraphonic that the corporate bat-
teries are running dangerously low. If
the big fellows pull out, we are in
deathly trouble. There is an ex-
plosively exact limit to big-corpora-
tion patience in such impasses, as we
know all too well. The major record
producers are but the slaves of bigger
entities whose bosses are not inter-
ested in aesthetics that do not pay.
The danger limit has now been
reached. It is an emergency. No ques-
tion about it. Something has to be
done very soon, or else. EMI has done
it already,

The proposition is, can we swallow
a mild loss of technical flexibility, can
we endure a major upheaval in pro-
duction and distribution, in order to
avoid a tragically greater loss—the
whole shebang? It has come to that.
Not for SQ alone but for all quad-
raphonic disc production—the whole
bit. The EMI single inventory is the
way out. It can be applied to any sys-
tem, to all present systems that are

”compatible.” It could rescue all of
them from collective extinction. It
seems to be that the question of single
versus dual inventory is now far more
vital than the whole time honored ar-
gument as to which system is best. All
systems are threatened! This we have
got to understand.

So if quadraphonic’s time has come,
it must either die or cease being a
hepped-up special-order extra at ex-
tra cost. At all costs, in order to live, it
must somehow blend itself into the
great existing body of the art of
recording, just as every other techni-
cal innovation in records always has.
There, it seems to me, is the EMI mes-
sage. Back to normalcy.

And so we are shaken. One of the
Big Companies has moved. If the oth-
er world record companies (including
our own) will now please get right on
this bandwagon, in whatever fashion
they may choose (and via their own
chosen euphemisms and slogans), if
all will universally adopt the basic idea
of one classical inventory and no du-
plication—then, | think, we will have
reason to hope that quadraphony on
disc will survive and grow. Without
disc, you understand, there will be no
quadraphonic.

1 know—the pop field is bigger. But
pop is also more flexible, as well as
more demanding, and requires more
leeway. If the classical disc is firmly es-
tablished in the single inventory pat-
tern, one disc per release, whatever
type it may be, then pop music and
all the rest will find an easy relation-
ship within the same framework. After
all, EMI isn’t exactly an all-classic com-
pany. EMI recorded the Beatles, don’t
you remember. They still own a few
little properties of that sort. They have
pop plans too. But first—get classical
on the rails. Done.

The beauty of the single classical re-
lease is that it takes you off the hook,
gives you flexibility. Cheaper, and so
much easier to merchandize! Once
again you sell records, period. You
promote the most important thing
you have to sell, the artistic product.
Throw in as much or as little quad-
raphonic as you want, or none at all,
without shaking any foundations. And
are your dealers happy! Not to men-
tion the customers. The whole sys-
tems is fluid again, things move, sales
tracks are re-greased, there’s con-
fidence (no more of that painful con-
fusion of choice), the aisles are clear
(more room), the cash registers noi-
sier. So much simpler, the whole deal.
And the pay-off: merely a workable
compromise in the sound, and not a
bad one at all. I'm for it.
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Revox Corporation
185 Michael Drive
Syosset

N.Y. 11791

US.A

Revox International
Regensdorf 8105 ZH
Althardstrasse 146
Switzerland

®®| WISH I’

Our warranty records show that on
averageonly one Revox buyerinsix has
never had a tape recorder before.

The remaining five have all owned one
or more makes previously. Since our
warranty application invites comment,
we are frequently told how happy our
customers are with their Revox,
especially when they compare it with
their previous purchases.

But too often we hear the lament:

OXO]

The incomparable
Revox A77
priced from $899

Save yourself the cost of
experimentationin tape recording.
Selectarecorder that will neither add
nordetract from the original.

Choose the A77 -and if your finances
don’tquiterun to a new machine, try to
find one second hand - instandard
condition it will out perform other makes
of new equipmentat the same price.
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Revox

C.E. Hammond Co. Lid
Lamb House

Church Street

Chiswick 7 C . . a\\a
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MAGNEPLANAR®

loudspeakers are. .

extremely realistic sounding --
and they’ve only 1” thick. Hear
the Magnepan MG-11, exclu-
sively at the following Magne-
pan dealers:

EAST

Audio Breakthroughs/Manhasset, NY
Audio Etc. /Gainesville, FL

J Brookshire Music Machine/Anderson, SC
Bryn Mawr Stereo/Bryn Mawr, PA

Creative Audio/Colonie, NY

DKL Laboratories/Silver Spring, MD

D.S. Audio/Wyomissing, PA

Electronic Workshop/New York

Hi-Figelity Center /Charleston & Huntington, WV
Paul Heath Audio/Rochester, NY

House of Sound & Sight/W. Palm Beach, FL
Fred Locke Stereo/CT & Springfield, MA
Lyric Hi-Fi/New York & White Plains, NY
Music & Sound Ltg /Willow Grove, PA

Music Center Hi-Fi/Charlottesville, VA
Music Systems, inc./Chariotte, NC

Myer Emco/Falls Church. VA & Wash. D.C
Myriad Sound/Garrison, MD

Sight & Sound Ltd. /Bel Air, MD

Sound Components/Coral Gables, FL

Sound Experience/Huntington & Stony Brook, NY
The Sound Shop/Norfolk, VA

Sound & Sight/Boca Raton, FL

Sound Room / Plattsburgh, NY

Stereo Emporium /Buffalo, NY

Stereo World/F1. Myers. FL

Tayior House/iron Station, NC

Vickers Audio/Chapel Hill, NC

CENTRAL

Absolute Sound/Detroit. Mi

Audio Concepts/Houston, TX

Audio Electronics/Prairie Village, KS
Augio Labs/Des Moines, IA

Audio Systems & Design/Omaha & Lincoin, NB
Audio Specialities /Baton Rouge, LA
Carlin Audio/Dayton, OH

Equinox Systems/Granavilie, Mi

Gill Custom House/Palos Hills, IL

The Gramophone Ltd. /Norman, OK

Hi-Fi Audio/Cincinnati. OH

Hi-Fi Buys/E. Lansing & Ann Arbor, MI
Hi-Fi Gallery/indianapolis & Evansville, IN
Hiticrest High Fidelity/Dallas, TX
Hoffman's House of Stereo/Brookpark & Wickiifte, OH
170 Systerns/Chicago, IL

Jensen's Stereo/Burnsville, MN

Opus 1/Memphis, TN

Sound Environment/Mpls., MN

Sound Shoppe/Green Bay. WI

Stereo Shop/Cedar Rapids, 1A

Stereo Studio/ Terre Haute, IN

Swallen's Audio/Columbus, OH

Victor ‘s Stereo/Chicago., IL

J. Westpfahi Audio Consult. /Rockton, il

WEST

Audho Arts/Livermore. CA

Boulder Sound Galiery/Boulder, CO

Coffee, Tea or Stereo/Salem. OR

Definitive Audio/Seattle. WA

Garland Audio/San Jose. CA

Hawthorne Stereo/Beaverion & Portiand, OR
Hi-Fi Matic /Culver City, CA

Interior Systems/Las Vegas. NV
Listen-Up/Denver, CO

Magnolia Hi-Fi/Seattle, WA

Jonas Miller Stereo/Beverly Hills, CA

Music & Sound of Calif. /Woodland Hills, CA
Quad Corner/Bellingham. WA

Sound Company/San Diego, CA

Stereo Hi-Fi Center/Gardena & Torrance, CA
Stereo Showcase / Valiejo & Sacramento, CA
Stereo Workshop /Berkeley, CA

Tin Ear/Richland, WA

Toad Hall/Corvaliis & Eugene. OR

CANADA

Bay Blood Radio/ Toronto
Ottawa Studio Sound/Otlawa
The Sound Box/Vancouver

Contactusif there is nodealer in your area,

mM A G N E P AN
" MAGNEPLANAR®PRODUCTS
PO BOXB642 WHITE BEAR LAKE. MINNESOTA 55110

Dealer inquiries welcome

Check No. 22 on Reader Service Card

[ Dear Editor:

One + One = Four
Dear Sir:

We favor the technique described
in the article on bi-amplification by
Lovda and Muchow in the September
issue of Audio. We recently designed
a 1-kilowatt system for a stadium using
bi-amplification and Shure SR105 am-
plifiers with two low-frequency and
six high-frequency horns.

By connecting our speakers individ-
ually to the amplifiers, we missed the
advantages of the “’bridged-pair series
connection” scheme that the authors
mention will double the power out-
put of each amplifier. With this tech-
nique, we could have halved the
number of amplifiers and saved our
client substantial cost.

We congratulate the authors’ hon-
esty in bringing this cost- and energy-
saving technique to the public’s atten-
tion. Unfortunately, the a.c. input
power is rated at more than twice the
audio output, so this method cannot
be used to generate electricity. How-
ever, by a slight increase in efficiency,
an important solution to the energy
crisis would result.

Jon R. Sank
Cross Country Engineering
Haddonfield, N.J.

The authors reply

We believe that Mr. Sank is re-
ferring to the comments in the “Sum-
mary’ and, in particular, to Fig. 8A,
the "Typical Biamplified Sound Rein-
forcement System for High SPL Oper-
ation.”

The intent of this portion of the ar-
ticle is to illustrate in general terms
how to most efficiently utilize the
components of a biamplified sound
system. In the example described, the
four 16-ohm, wide-range loudspeaker
systems are two-way systems with
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biamplification capability. Both the
16-ohm, high-frequency section and
the 16-ohm, low-frequency section of
each system are made available for ex-
ternal connection. The Shure SR105
ampilifiers used in this example, if op-
erated at the mentioned maximum
output-voltage capability of 28 volts
rms, will deliver approximately 200
watts continuous to a 4-ohm load or
100 watts to an 8-ohm load. [n addi-
tion, two SR105 amplifiers may be
“bridged” to provide approximately
57 V rms output resulting in a total
power of 400 watts to an 8-ohm load.
The question, then, is what circuit
configuration of amplifiers and speak-
ers will most efficiently drive the
speakers for highest SPL operation?
Analysis reveals that the optimum
combination consists of four SR105
amplifiers split into two bridged pairs,
with each pair driving two parallel-
connected, low-frquency speakers.
(Please note that due to a typogra-
phical error, the two low frequency
speakers are shown series-connected
instead of parallel-connected in Fig.
8A.) In this way, each pair of speakers
constitutes an 8-ohm load. A bridged
amplifier pair will deliver 400 watts to
this 8-ohm load, while a single ampli-
fier will deliver 100 watts to this 8-ohm
speaker combination.

In the article, we elected not to ex-
plain in great detail the subject of am-
plifier bridging. Rather, it was includ-
ed to inform readers that his tech-
nique was available with amplifiers of-
fering this feature. We certainly hope
that this explanation will clear up any
confusion that may have resulted.

John M. Lovda

Stephen Muchow

Senior Development Engineers
Shure Bros., Inc.

Evanston, Ill.
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It's one thing to produce components with an
impressive list of published specifications. It's quite
another matter to ensure that every unit will meet
or exceed each of those specifications. But this is
precisely what LUX does with its entire line of power
amplifiers, preamplifiers, integrated amplifiers and
and tuners.

LUX components were conceived and designed
for that very special breed of audiophile whose critical
requirements for accurate music reproduction are met

ucts, the very best that the state of the art can provide.

Hence, the following procedure takes place at
our facilities in Syosset, New York.

Every unit received from the factory in Japan is
removed from its carton and placed on a test bench
where it is connected to an array of test equipment,
which includes a Sound Technology 1700A Distortion
Measurement System and 1000A FM Alignment
Generator, McAdam 2000A Digital Audio Analyzer
Systemn, and lwatsu Electric SS5100 and 50577
50577 Synchroscope.

Every control, switch, meter and indicator
undergoes an operational check-out. There's nothing
unusual about this. Any reputable manufacturer can
be expected to do the same. Or at least spot check
a shipment.

But LUX has only begun. Every specification is
then measuredagainst its published rating. That means

only by separateamplifiersandtuners, And ofthose prod-

Any LUX amplifier or tuner
that doesnt meet or exceedevery
rated specification wont ever reach you.

match or exceed every published specification

is given the appropriate remedy. When a unit passes,
itis returned to its carton together with a copy of the
Certificate for the information of its future owner.
Another copy stays with us as a permanent record.

As for the specifications themselves, here are
some examples. The Luxman M-4000 power amplifier
has less than 0.05% harmonic and intermodulation
distortion at any frequency from 20 to 20,000 Hz,
even with both channels driven simuitaneously to its
rated output of 180 watts per channel into 8 ohms.
Another M-4000 specification: signal-to-noise ratio
beyond 100 dB.

Another example is the C-1000 preamplifier. Its
phono-input circuits are virtually overload proof,
accepting almost half a volt of audio signal at 1000 Hz.
The distortion of its phono-preamplifier circuits is an
astonishingly low 0.006%, and the rest of the
preamplifier circuits add only 0.001% more.

There's one more expression of our confidence
in our products. If any of them malfunctions during
the first three years, let us know. We'll not only fix it
promptly, but will pay the freight both ways, as well as
supply a shipping carton if needed.

Some day, all manufacturers may adopt these
procedures. For LUX, it's the only way to go. From
the very beginning. .

Withallthis, we think that neither our specifications
nor our procedures for verifying them is nearly so

14 individual tests for a power

important as your satisfaction with

amplifier, 14 for a preamplifier,
20 for an integrated amplifier and
7 for atuner.

Each verified specification

Certificate. Any unit that doesn't

Ome of these Performance Verification
Certificates is included with every unit.

is entered by hand on a e
Performance Verification —

the end result: the most accurate

and musical reproduction you can

hear.

The end result can be best

" appreciated at a select number of

dealers whom we guarantee to be
iy as dedicated to fine music

e reproduction as we are.

Luxman M-4000 Power Amplifier—180 watts per channel minimum
continous power, both channels driven simultaneously info 8 ohms. Total
harmonic and intermodulation distortion |ess than 0.05%. Frequency
response: 5-50,000 Hz, £1 dB. Signal-to-noise ratio: 108 dB. Features
include: separate power supplies for each channel, including output and
drive stages. Two-meter power-output display in combination with LED
peak-output indicators reveal dynamic range of program material. Qutput
\ level set by precision potentiometer with 1-dB click stops. $1,495.00.

Luxman C-1000 Preamplifier—Total harmonic and intermodulation

distortion: 0.007% at 2.5V, 20 Hz-20 kHz, all output signals. Frequency
response: 2 Hz-80 kHz, +0, —0.5 dB. Signal-to-noise: >65 dB. Phono

overload: 450 mv @ 1 kHz, 3.5V @ 20 kHz. RIAA equalization: £0.2dB.
Features include: tape-monitoring and dubbing for two decks, six

selectable tone control turnover frequericies, linear equalizer, twin high

and low noise filters, variable phono-input impedance, variable input

sensitivities, “touch-mute” attenuator, speaker system selectors. $895.00. j

L.UX Audio of America, Ltd.

200 Aerial Way, Syosset, New York 11791
In Canada: AMX Sound Corp. Ltd., British Columbia; Gentronic Ltd., Quebec




vantages of the three point pick-up

system, it is necessary to be aware
of the distinction between binaural
and stereo. A good binaural recording
makes a poor stereo recording and
vice versa. The fact is that situations in
which acceptable stereo recordings
can be made with two microphones
are severely limited in number.

The seemingly simple case of a solo
instrumental performer on stage
serves to illustrate this point. A
recording made with two cardioid
{(uni-directional) microphones, when

I N ORDER to understand the ad-

played back over monitoring loud-
speakers, will in most cases approach
one of two extremes depending on
microphone placement: if the micro-
phones were fairly close to the per-
former, the instrument will seem 10
feet wide; if they were placed farther
away, there will be a left and a right
but a hollow middle, creating the illu-
sion that the performer is in two
places at one time. A proper three
point pick-up would produce a
recording not only with correct left-
right perspective but with depth as
well. The performer will be heard oc-

EDITOR’S NOTE: The Nakamichi
folks have recently released a small
| booklet on the three-point
recording system, entitled ''The
| Nakamichi Live Recording Sys-
| tem,” several parts of which are re-
printed here. This technique
| makes use of a third or blend mic
in addition to the more usual ster-
| eo pair to produce a greater sense
| of depth or space in the recording.
The system also allows a wider lati-
i tude in placing the basic mic pair

28

to achieve the correct stereo or
left-right image. While the basic
technique calls for the use of a
recorder with a third or blend mic
input, tape decks with only a pair
of inputs can be adopted to the
technique if a mixer with a blend
feature is used. The Nakamichi
booklet also gives many valuable
tips on relative levels and place-
ment of mics for various instru-
ments. It is available through the
firm’s dealers.

cupying the correct amount of space
at the correct point on the stage.

The effect becomes easier to under-
stand when one realizes that the suc-
cess of binaural reproduction is large-
ly dependent on certain psy-
coacoustic phenomena. Stated sim-
ply, the human brain, when isolated
from external factors as in binaural re-
production, is amazingly capable of
filling in details. Stereo reproduction
cannot take advantage of these psy-
coacoustic effects. It becomes neces-
sary, therefore, to take special steps in
the recording process to insure that
the sound, when reproduced over
monitor loudspeakers, will be an ac-
curate rendition of the performance.

Many amateur recordists will use
multiple microphones (more than 3)
in an attempt to produce a “profes-
sional” recording. While it must be
acknowledged that certain situations
call for multiple microphone tech-
niques, it must also be pointed out
that such situations are rare and that
such techniques are quite difficult to
master. Phase interference between
microphones (resulting in peaks and
cancellation of certain frequencies)

AUDIO ¢ DECEMBER, 1975



KeepYongtraCKiTy

With an Empire wide response cartridge.

»

A lot of people have started “trackin’” with Empire cartridges for more or less the same
reasons.

More separation: “Separation, measured between right and left channels at
a frequency of 1 kHz, did indeed measure 35 dB (rather remarkable for any car-
tridge)” FM Guide, The Feldman Lab Report.

Less distortion: “..the Empire 4000D/IIl produced the flattest overall re-
sponse yet measured from a CD-4 cartridge —within 2 dB from 1,000 to 50,000
Hz’ Stereo Review.

More versatile: “Not only does the 4000D/11l provide excellent sound in both
stereo and quadriphonic reproduction, but we had no difficulty whatever getting satisfactory
quad playback through any demodulator or with any turntable of appropriate quality at our
disposal’ High Fidelity.

Less tracking force: “The Empire 4000D/IIl has a surprisingly low tracking force in the
Y gram to 1% gram region. This is surprising because other cartridges, and I mean 4 channel types, seem

to hover around the 2 gram class’ Modern Hi Fi & Stereo Guide.
For the complete test reviews from these major audio magazines and a free catalogue, write:

g Empire Scientific Corp., Garden City, N.Y. 11530.  Mifd. USA MI E
= \/

Choose the Cartridge Designed to Play Best in Your System

Plays 4 Channel Discrete (CD4) Plays 2 Channel Stereo
r and Super Stereo 1 r L

Plays All 4 Channel Matrix Systems (SQ, QS, RM)

r - 1
Model D/ D/l D/I E/N E/N E/I E
Freauency Response 5-50,000 5-45,000 10-40,000 | 5-35,000 | 6-33.000 | 8-32,000 {10-30,000 | 10-28,000
Qutput Voltage per
Channel at 3.54 cm/sec 3.0 30 30 50 50 50 50 50
groove velocity:
Channel Separation morethan | more fhan 3548 3548 35dB | 3508 | 3008 | 30dB
Tragking Force Y410 1V4 1210 112 %t0 112 o1 | vetotve | %tot1le 1103 1103
miniature nude | miniature nude| miniature nude nude nude nude
diamond with | diamond with | diamond with eliiptical elliptical elliptical elliptical | spherical
Stylus Tip. .1 miltracing 1 miltracing } .1 miltracing diamond | diamond | diamond | diamond | diamond
~ radius radius radius ox 7mil | 2x 7mit | 2x 7mil | .3x.7mil 7 mil
*4 Dimensional| 4 Dimensional | "*4 Dimensional
_ turntable or | turntable or furntable or [turntable or | changer | changer
For Use In: turntable only | turntable only changer changer changer changer only only
(White) (Yellow) (Black) (Clear) (Blue) (Green) (Red) (Smoke)

Check No. 12 on Reader Service Card




becomes more of a problem as the
number of pick-ups is increased.
Many professional live multi-mike
recordings, in fact, suffer from this
phenomenon and end up bearing
little resemblance to the actual per-
formance. With practice and experi-
mentation the recordist will soon dis-
cover that the three point pick-up sys-
tem is ideal for the large majority of
live recording situations.

Microphone Choice

While perhaps it need not be said
that a successful live recording invari-
ably depends on the use of high quali-
ty microphones, a few general guide-
lines on the use of uni-directional
(cardioid) versus omni-directional
(non-directional} microphones in the
three point system should be helpful
to the amateur recordist. Cardioid is
usually the choice for the two stereo
microphones. In general, however,
unless there is good reason to use car-
dioid microphones, omni-directional
microphones are preferable as they
will yield superior results. If wide sep-
aration is physically impossible, for
example, directional microphones
may be desirable to establish stereo
left and right. Cardioid microphones
will also help to suppress audience
noise, very often a problem in live
recording.

The blend microphone can be ei-
ther uni-directional or omni-direc-
tional depending on the recording sit-
uation. An omni-directional micro-
phone circumvents the proximity ef-
fect (boosting of lower frequencies)
which one encounters when close-
miking with a uni-directional unit. An
omni-directional microphone also
solves the problem of uneven sound
caused by slight movements by anin-
strumental or vocal performer. It is
occasionally necessary to suppress in-
formation behind the microphone. In
such cases a uni-directional device
must be employed. Most high quality
uni-directional microphones, for-
tunately, are equipped with a switch-
able low-frequency attenuating net-
work to minimize proximity effect.
There are a few select cases where
proximity effect may actually be desir-
able. Here again, the uni-directional
microphone is the solution (the atten-
uating network, if provided, should
be bypassed, of course). If time per-
mits, it is best to try both types and
choose the one that yields the most
natural sound.

The advanced recordist will most
probably want to experiment with
more sophisticated microphones,
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such as the super-directional (shotgun
type) or the super-nondirectional
(pinpoint pick-up type) microphone.
Super-directional microphones are
not only useful for picking up sounds
from a distant source but also for ster-
eo pickup in halls or churches with
excessive and prolonged rever-
beration, which tends to make
recordings sound muddled and cav-
ernous. Super-nondirectional micro-
phones are highly refined omni-di-
rectional microphones. The expert
recordist will often use a pinpoint mi-
crophone in place of astandard omni-
directional unit, even though the
former requires much more critical
placement. The pinpoint microphone
has the advantage of smoother high
frequency response (almost no dif-
fraction effects because of reduced
pick-up element size} and truer omni-
directional response at higher fre-
quencies.

It is usually the case, unfortunately,
that monitoring during a live record-
ing session must be performed with
headphones. This causes no diffi-
culties for the binaural recordist, but
the stereo recordist is confronted with
the rather complex problem of creat-
ing a tape which will faithfully repro-
duce the performance over stereo
loudspeakers while monitoring on-lo-
cation with headphones. Clearly there
is no substitute for experience in this
matter. The seasoned recordist is able
to extrapolate the binaural informa-
tion and thereby position the micro-
phones and set levels to produce a
perfect stereo recording.

It should be pointed out, nev-
ertheless, that choice of headphones
can have a profound effect on the end
result. Certain headphones are not
suited to the purpose of on-location
stereo monitoring because of their
physical and/or acoustical character-
istics. Open-air type headphone pro-
vides no isolation from external sound
making it relatively difficult to mon-
itor live recordings unless the record-
ist situates himself in a rather sound-
proof room. Generally poor results in
terms of balance can be expected
when one monitors with headphones
which have boosted low and high fre-
quency responses (in other words a
suppressed midrange). It is much
more preferable to use headphones
which have slightly attenuated re-
sponses at the lower and higher ends
of the audio spectrum.

Finding the optimum positions and
setting the levels for proper balance
among the microphones are the most
important and the most difficult tasks
in live recording. There are numerous

factors to be taken into account. Type
of instrument, type of ensemble, type
of microphone, and acoustical char-
acteristics of the room or hall (which
are affected by factors such as size,
shape, material, size of audience, etc.)
are but a few of the details which must
be considered in positioning the mi-
crophones. Once the microphones
are optimally located, the levels must
be set so as to achieve the most natu-
ral balance between the stereo and
blend microphones. It would be im-
possible to postulate exact micro-
phone locations and level settings for
any given recording situation. If it
were possible to do so, live recording
would not be quite so enjoyable.
There is regrettably little time, how-
ever, for one to experiment with mi-
crophone placement and level setting
at an actual performance. The suc-
cessful live recordist, therefore, relies
heavily on experience gained from
past recordings and on knowledge
gained from those sessions in which
there was ample time to experiment.

The following examples of specific
recording situations are intended as a
guide. Combined with the availability
and proper use of top-performing
equipment and some time to experi-
ment with the variables, these dia-
grams and suggestions should enable
the serious amateur to produce highly
successful live recordings.

Piano Solo

In recording a solo performance
the blend microphone is used to pick
up the primary sounds emanating
from the instrument while the stereo
microphones are used to pick up the
piano’s natural ambience and room
reverberations.

Blend mic: Place the microphone to
pick up direct sounds from the piano
as shown in the diagram. This micro-
phone must be placed rather close in
order to capture the percussive quali-
ties which lend clarity to the piano. If
the microphone is placed too close to
the strings, however, single notes will
stand out and the resulting recording
will sound uneven. Correct place-
ment can actually depend on the
composition being performed! If the
piece limits playing to the lower half
of the keyboard, for example, the mi-
crophone should be placed farther
away from the keyboard than usual.

Stereo mics: Placement of these mi-
crophones depends largely on room
acoustics. As a general rule of thumb,
they should be at least 6 ft. high and 3
ft. apart. The axis formed by the two
microphones, however, should always
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A gift of the Shure V-15 Type Il stereo phono cartridge will earn you the
eternal endearment of the discriminating audiophile who receives it. What
makes the V-15 such a predictable Yuletime success, of course, is its ability
to extrazt the real sound of pipers piping, drummers drumming, rings ringing,
et cetera, et cetera. In test reports that express more superlatives than a
Christmas dinner, the performance of the V-15 Type Ill has been described
as “. .. a virtually flat frequency response . . . Its sound is as neutral and
uncolored as can be desired.” All of which means that if you're the giver,
you can make a hi-fi enthusiast deliriously happy. (If you'd like to receive it
yourself, keep your fingers crossed!)

Shure Brothers Inc. ®
222 Hartrey Ave., Evanston, IL 60204 H _|_||||=§
In Canada: A. C. Simmonds & Sons Limited S E

* FREE! 1976 Stereo Directory & Buying Guide with the purchase of a Shure V-15 Type 111, or the M35 series, M75 Type Il or M91 series of cartridges. Simply
send us your warranty card wiih the notation *Send Free Buying Guide” before Dec. 31, 1975. (Offer subject to supply and may be withdrawn at any time.)
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be parallel to the strings (per-
pendicular to the keyboard). To give
an example of how room acoustics af-
fect placement, it can be stated that a
large hall would call for the stereo mi-

Al | L

crophones being positioned farther
away and more toward the keyboard
than they would be for a smaller hall
or room.

Levels: The blend microphone is
the main source. The stereo micro-
phones, therefore, should not be al-
lowed to overpower the blend mic.

Vocals with Piano
Accompaniment

The main source is the vocalist and
the blend mic is once again the prima-
ry pick-up.

Blend mic: Place the mic at a level
just above the vocalist’s head. Be care-
ful not to place it too close. It is highly
recommended that a windscreen be
used to minimize pops and blasts. A
dynamic microphone is generally
preferable to a condenser type for vo-
cal recording.

Stereo mics: These must be posi-
tioned to pick up the piano accompa-
niment in addition to the reverberant
sounds. Placement will once again
largely depend on the room or hall
acoustics.

Levels: The balance between the
vocals and the accompaniment can be
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controlled quite well by adjusting the
level of the blend mic with respect to

the stereo mics. The level of the ac-
companiment should generally be be-
tween 45-50 percent of the vocal lev-
el. If the blend mic is too high, the
recording will sound monaural and
balance will suffer. If the stereo mics
are too high, the result will be a mud-
dy sound, lacking localization of the
vocalist.

Vocal Quartet
With Piano Accompaniment

In the examples given earlier the
blend microphone performed the pri-
mary function of picking up the direct
sounds from the solo instrument or
vocalist. In the following example, the
stereo microphones must take over
this function since the main source,
the vocal quartet, is spread out and
requires increased coverage.

Blend mic: This must not be set too
close to the singers. Place the mic at
least 2 ft. higher and 3 ft. farther away

from the soloists than the stereo mics.
Exact placement will, of course, de-
pend on the room or hall. Be careful
not to place this mic too far from the
stage as it must pick up the piano ac-
companiment.

/"\\
)
o
w =1
\ )
\ ®
X —=
o
w
B} e
@, e l
=
?

Stereo mics: Use the guidelines giv-
en for the blend mic in the example of
the vocal solo with piano accompa-
niment.

Levels: Since the stereo mics are the
primary pick-ups, levels must be set so
that the blend mic does not over-
power the direct sounds from the vo-
calists.

String Quartet

Recording a string quartet calls for
microphone placement quite differ-
ent from that of the preceding ex-
ample. There are several reasons for
this. There is, firstly, no piano accom-
paniment; secondly, balance among
the instruments is more likely to be a
problem than in the case of the vocal
quartet. There is, thirdly, the added
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requirement of picking up instrumen-
tal ambience as well as the room or
hall ambience.

Blend mic: Start with this mic in a
central position with respect to the
four instruments. If a problem with
balance exists, the mic should be
placed toward the weaker instrument.
The mic should be placed high
enough to clear the heads of the play-

A\

!

Jazz Trio

Many of the basic principles under-
lying the previous example apply to
this case as well.

Blend mic: This mic should initially
be set in a central position (usually
near the drums) and then re-
positioned, if necessary, to achieve
proper balance. It should be placed
high enough to clear the cymbals of
the drum set.

Stereo mics: The spacing and dis-
tance from the ensemble of these
mics will of course depend on room
acoustics, but the spacing between
the instruments will also be a factor. If

ers. If the mic is placed too low, the
music stands will interfere with pick-
up of direct sounds from the instru-
ments.

Stereo mics: Place these micro-
phones according to the room or hall
acoustics. They will generally be
placed higher than the blend mic and
at least 3 ft. from the frontmost play-
ers.

Levels: Although the blend mic is
picking up the direct sounds from the
instruments, care must be taken to
avoid setting this mic too high in leve!
as the resulting sound will be overly
monophonic. Start with roughly equal
levels for both the blend and stereo
mics.
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the piano and bass, for example, are
set very far apart, the stereo mics will
have to be separated a little wider,
placed a bit lower and closer to the
ensemble than if the group were
compact. Care should be taken,
though, to avoid placing them so
close that the recording loses “liv-
eness” or the sense that the trio is per-
forming in a room or hall.

Levels: Follow the guidelines given
in the previous example.

Church Choir with Organ
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Because of the highly reverberant
acoustical nature of most churches,
critical microphone placement be-
comes particularly difficult.

Blend mic: Use this mic to pick up
direct sounds from the organ. Dis-
tance from the pipes, height, and lat-
eral position will depend on the char-
acteristics of the church and the or-
gan. Under most circumstances, an
omni-directional microphone would
be preferable.

Stereo mics: Place these mics in
front of and above the choir. Experi-
ment carefully with placement to
achieve a full, rich sound with the
right amount of reverberance. The
mics must be close enough to capture
the diction and far enough to avoid
highlighting individual singers.

Levels: Balance between the organ
and the choir can be easily achieved
by the proper setting of levels.

Church Organ Solo

Most church altars are constructed
in such a way that they make ideal
pick-up points for reverberant sound.

Blend mic: Place this mic facing the
altar. Experiment with height and dis-
tance to obtain a broad reverberant
sound free from harshness caused by
local resonances.

Stereo mics: Position these mics to
pick up direct sounds from the organ
pipes. They must be close enough to
capture all the overtones which give
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the various stops their particular
sound qualities.

i !
a IS

i

Levels: Relative levels will vary
greatly according to the acoustical
properties of the church and organ.
Keep in mind that the stereo mics are
the primary pick-ups.
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offers an ongoing program in

recording technology
PDR-102 — Practical Disc Recording -

39 hrs. Hands-on study of tape to disc taansfer.
STP-111 — Studio Technology anc Pracfice

- 60 hrs. The nucleus of our multitiack
recording curriculum.

utilize professional equipment performing
operation and fest procedures.

RSW-300 — Recording Studio Workshof: -
30 hrs. Ten 3-hour sessions operating a 16
track studio.

audio —-music

- 36 hrs. Operation and theory of audio
amplifiers, filters, feedback systems, etc
SST-200 — Synthesizer Studio Technigues -

institute of audio research
multitrack — music recording

New classes for the winfer guarter begin January 6, February 2, 1976

CR-110 — Control Room Lakr- 30 hrs. Students

FAT-100 — Fundamentals of Audio Technology 1
- 30 hrs. Study of fundamental audio concepts.
FAT-200 — Fundamentais of Audio Technology 2

33 hrs. The synthesizer as an insfrument and
“special effects” device. Includes lab.

seminars

Digital Logical Design Seminar - 3 Days.
Elements of digital circuit design. Meaningful
applications.

Producers’s/Arranger’'s Workshop - 3 Days.
Institute of Audio Research laboratory facilities
develop fechniques of multitrack recording.
Audio Systems Design - 4 Days. Theory and
methods for inferface design of audio systems.
Design sessions aided by programmabie
calculators reinforce class discussions.

institute of audio research
64 University Place
New York, N.Y. 10003
212 677-7580

Check Ma. 20 on Reader Service Card
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Windscreens are a must for outdoor
recording. In some cases the standard
windscreen supplied with the micro-
phone may be inadequate. If so, take
the thick part of a nylon stocking and
wrap it tightly around the standard
windscreen.

Moving sound sources: Place the
left, blend, and right microphones in
line along the axis of motion. Spacing
of the mics will depend on the speed
of the source. The faster the source,
the farther apart the microphones
should be. When recording a fast
moving steam locomotive, for ex-
ample, if the mics are placed too close
together, there will be very little ster-
eo effect.

Static sound sources: Place the
three microphones in a horizontal
plane fairly close to each other at 90
degree angles to each other. When
recording sounds, such as bird or in-
sect noises, which tend to come from
all directions, three cardioid micro-
phones placed in this manner will
yield a very natural stereo effect.

Levels: In each case above, set lev-
els to obtain the most realistic balance
and separation. o
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Part X111

Martin Clifford

ultimately appears at the signal input of the main or
power amplifier. The FM signal has shucked off the
cocoon supplied by the radio-frequency carrier wave; the
phono signal becomes the electronic equivalent of the
twists and gyrations of the stylus in the record grooves; the
tape signal has emerged from the magnetic whirls that pro-
duced it. Thus, at the input to the main amplifier, all of these
signals resemble each other closely, and you can select any
one of them for processing by the main amp.
Up to this point, we have been interested only in the volt-
age amplitude of the signal, and we've talked in terms of sig-
nal voltage, not signal current or power. It is true that the

E VERY ELECTRONIC SIGNAL from whatever source

AC. POWER
AC.SIGNAL PRE AC. MAIN [ﬂ
VOLTAGE AMP SIGNAL AmP A.C. POWER
VOLTAGE
t D.C. POWER D.C. POWER

3
POWER
SUPPLY

‘—=&—— FROM A.C.
L e—— POWER LINE

Fig. 1—The power delivered to the speakers by the power
amplifier comes from the power supply, but is controlled by
the signal voltage.
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main amp will provide some further voltage amplification,
but that is incidental to its main job. What we need is elec-
trical power for our speakers. In this sense, we may regard
the amp as an appliance—a device for turning electrical
power into some other kind of energy—just as a toaster,
broiler, or a steam iron is an appliance which converts elec-
trical energy into heat.

Although the terms “‘power amp”’ and “main amp"’ are of-
ten used interchangeably, “power amp’’ unfortunately sug-
gests that it somehow manages to amplify power; this is
wrong. This amplifier takes electrical energy out of the
household electrical outlet and delivers it to one’s loud-
speakers. However, it doesn’t do this directly—changes
must first be made in the frequency and amplitude of the
electrical power. These changes will be dictated by the au-
dio signal input to the main amp.

Whence the Power

While the signal at the input to the power amp is a com-
plex a.c. waveform, it is just a voltage and can exist at the
amp’s input without any sound coming out of the speakers.
This is comparable to the case in your home in which an a.c.
voltage is present at every power outlet along the base-
board, yet whether power is used or not is your decision.
The moment you decide to use it (by plugging in an appli-
ance), we are no longer dealing just with voltage (which is
pressure}, but with voltage and current (electrons flowing).
Taken together, these two constitute power.

The power amp does not generate power—it is simply a
device for controlling the power made available to it by its
power supply (usually on the same chassis). (See Fig. 1.} And
that power supply gets its power from your a.c. power line
outlet. This may seem like a Rube Goldberg way of doing
things, but it's the only way we have. The ideal method
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AH! DEFINITION—That elusive quality of
clearness and accuracy never quite attainable
before. (If you can’t extract it at the point of
contact with the record, the rest of your equip-
ment won't deliver it to you.)

The design philosophy of the SONUS cartridge is
to use the latest refinements in material and
techniques to convert the motion of the record groove
into a precise electrical replica, thus assuring the high-
est possible sonic accuracy and definition.

The electromagnetic structure of the cartridge is
exceptionally efficient and has been arranged in such a
way that the point of transduction is placed as close as
possible to the record surface. This enables the dis-
tance from the stylus tip to the energized armature to
be kept extremely short, thereby minimizing the
chances of the motion being significantly changed,
and/or extraneous resonances introduced. It further
enables the moving element to be kept exceedingly
light and rigid. Indeed, we believe the total moving
structure to be lighter than that of any other magnetic
cartridge of which we are aware.

Great care has been taken with the cartridge
geometry, not only to minimize vertical tracking error
but also to ensure accurate transmission of the stylus
motion to the generating armature. This has been

STEREO PHONO CARTRIDGE

suddenly there is
the definition

you have never been
able to get before!

'y

achieved by (among other things) positioning the
stylus tip on the same axis as the armature so that none
of the stylus motion is lost in rotation or affected by
any possible rotational resonances.

The stylus pivotis located at the dynamic center of
rotation of the moving system and is fabricated from
material having optimum elastomeric properties, pro-
viding an extremely linear and highly compliant sus-
pension.

In sum, we have a transducer system charac-
terized by reproduction of exceptional accuracy, clar-
ity and definition, and capable of perfect tracking and
tracing at very low stylus forces.

Write to SONUS customer service for full line
catalog and the name of the franchised dealer nearest
you.

Your franchised dealer will be happy to dem-
onstrate the superior qualities of this cartridge.

1 ﬂ SONIC RESEARCH INC.

27 Sugar Hollow Rd., Danbury, Ct. 06810
Represented in Canada by:

Check No. 46 on Reader Service Card PACO Ltd. 45 Stinson St.

Montreal, Quebec




would be to eliminate the amplifier by connecting the signal
voltage to the a.c. power line, and connect the result to the
speakers. Instead we must take from the a.c. line the a.c.
power, which consists of asine wave voltage and asine wave
current, and convert it to d.c. This is the function of the am-
plifier’s power supply.

The power amp, then, is a component which receives d.c.
power from its power supply section and reconverts it to
a.c., which varies in frequency and amplitude according to
the input signal (program material). The power line supplies
current which is a sine wave, usually 60 Hz in frequency. The
audio power coming out of the amplifier varies from about
30 to 20,000 Hz (depending on the amp design), and its am-
plitude is continuously changing. This current, flowing
through the voice coil of the speaker, accomplishes work.
It’s forced into the voice coil by voltage. Together the two
may be measured to compute the amount of power the
speaker uses.

Function of the Audio Signal

One way to describe the relationship between the audio
input signal voltage and the amplifier is to say that the amp is
a faucet and the input signal voltage is the valve in that fau-
cet. While the amplifier directs the current to its appointed
location, the input signal controls how much of that signal
will reach the locations. The current flowing through the
speaker voice coil should also have the same waveshape as
the controlling signal. If it's exactly the same (it can never be
a perfect copy—that would mean zero distortion!), the amp
has done its job perfectly. If it changes very little, it's done a
good job. If the output power has things in it that weren’t in
the input signal, or if it changes their relative amplitude, we
have distortion.

Power Amp and Power Supply

Since the power amp gets its power from the power sup-
ply, it should be obvious that it cannot deliver more power
than it receives from the house current a.c. line. The func-
tion of the power supply is quite simple—to rectify the pow-
er line a.c. current and deliver d.c. to the power amp. It may
help if you consider the power supply as a d.c. power reser-
voir. The power supply consists of three important parts: a
transformer, a rectifier, and the filters. The transformer
changes the house current at 115 volts to whatever the amp
requires (in tube days it was 300 to 500 volts; generally today
it’s between 30 and 80 volts). In addition the transformer iso-
lates the amplifier from the power line. If it did not, we'd
have the good possibility of lethal shock, which is present in
most small TV sets and many other appliances connected
directly to the power line (they all have insulated cabinets to
protect the user). The rectifier converts the a.c. into pulsat-
ing d.c. And the filters, consisting mostly of large capacitors,

PEAK 100%|— —
RMS 70.7|— -
AVERAGE 63.71 5
180°
0 360°

Fig. 2—Peak, rms, and average amplitude points on a sine
wave of voltage or current.
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smoothes the pulsating d.c. supplied by the rectifier into
nearly perfectly smooth d.c. In the days of tube equipment,
power-supply capacitors ranged up to 500 microfarads (4f).
But today, with much lower working voltages, the size of
many capacitors is in the 10,000 4 range and up.

Describing Power

Measuring d.c. power is easy. Nor is it all that difficult to
measure sinewave a.c. power. But it becomes troublesome
when we are talking about complex wave signal currents
and signal voltages—that is, signal power. For d.c., we just
multiply voltage and current to get power in watts. For ex-
ample, two amperes of current at 30 volts equals 60 watts
power. Simple. For sine wave a.c. (if the voltage and current
are in phase), the same simple multiplication process is
used: Voltage (E) times current (1) equals watts power (W).
The formula is written IxE=W. However, because we use
a.c. power in many ways, we make several different mea-
surements of a.c. waves, as may be seen in Fig. 2.

There are three main points at which a sine wave is usually
measured. One is at the top, called the peak (though it
could as well be the bottom). Another is the rms value,
which is equal to 70.7% of the peak value. This is also called
the effective value. Finally we come to the average, which is
equal to 60.3% of the peak value. Note that the sine wave
values we're discussing here may be either voltage or cur-
rent but not power.

Remember that except for test purposes, the wave shapes
a speaker receives are very rarely simple sine waves. Instead
they’re complex shapes produced by voices and instru-
ments. Further, the speaker doesn’t use just need voltage, or
just current, but both, which is power. Now, while many
measuring instruments are calibrated in rms units (volt-
meters and ammeters), a wattmeter measures average watts.
That's because the product of rms volts and rms amperes
(voltage and current) is not rms watts, as you might imagine,
but average watts. Thus, when you read a spec sheet saying
so many watts rms, think average watts instead. While rms
watts is thus a misnomer, you might also hear rms power
sometimes also called continuous power because this is the
amount of power the amp can handle for an indefinite peri-
od of time without interruption.

Power amps are able to deliver more than their average
(so-called rms) power for short periods of time, depending
on the demands of the program material. If there is a pianis-
simo passage followed by a sudden clash of cymbals, the de-
mand for additional power is comparable to momentarily
turning on the air conditioner in your room—either the
power company delivers or you will remain just as warm as
you were. Ditto with the power amp. It will deliver more
than the average power, but how much more depends on
the size of the filter capacitor reservoir and the current-
passing ability of the rectifiers {(and the transformer) in the
power supply. This emergency power is variously called
maximum power, dynamic output, or music power. Music
power is the maximum power available for a very short peri-
od from the main amp and used to be seen fairly widely on
spec sheets and in catalogs until late 1974 when the Federal
Trade Commission (FTC) power-rating rule went into effect.
Music power described the amp’s ability to handle brief
power peaks as compared to sustained power levels. Thus,
an amplifier capable of delivering 50 watts of power contin-
uously might also be capable of delivering 80 watts for a
short period of time. it was this 80 watts which would have
been the amp’s music power rating. With the FTC amplifier
power-rating rule in effect now, only one kind of power rat-
ing, continuous, will be used for good high fidelity equip-
ment. All other ratings are now obsolete.
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We're not afraid
to turn our back

on you.

G sYwANA

The Sylvania
RS4744

We can afford to be very
forward about our back.

Because the back of our RS
4744 stereo receiver is one of
the most versatile you'll ever see. We've got
phonoinputs for two different turntables. And
two sets of tape monitor input and output
jacks. And terminals for main speakers, re-
mote speakers, and PQ4 speakers. And three
AC power outlets, one switched and two un-
switched. The rest you can see for yourself
in the picture above.

But what’s behind our back is just as im-
pressive as the back itself.

AsPopular Electronics* put it, theRS4744
“met or surpassed all the published speci-
fications we were able to test’” and was

‘... well above average
in the important per-
formance aspects.”

Take power, for ex-
ample. Popular Electron-
ics found the RS 4744 ‘‘con-
servatively rated’’ at 60 watts per
channel, min. RMS at 8 ohms from 20Hz to
20kHz with no more than .25% Total Har-
monic Distortion. Which made it ‘‘outstand-
ing for a receiver in the RS 4744’s price
range.” FM 50 dB quieting sensitivity was
equally impressive—‘‘avery good 3uvin mono
and 35puv in stereo.”

But don't take our word for it. Or their
word for it. Go see the RS 4744 for yourself.

Back or front, any way you look at it, the
RS 4744 is one fine stereo receiver.

*Popular Electronics, December 1974 Issue.
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Power Output vs. Frequency

Ideally, for a fixed amplitude input signal, a power amp
should be able to deliver the same amount of output power
over a wide frequency range, extending from subaudible to
superaudible, say 20 Hz to 20,000 Hz. Maximum available
power output can vary within these limits, sometimes drop-
ping off substantially at the ends of the spectrum or having
various peaks in between. At the ends, the power may even
decrease by 50 percent or more. In fact, the frequencies at
which available power is 3-dB down (which happens to be
50 percent) at each end of the audio spectrum were called
the half-power points, and they were used to define the
useful power bandwidth of an amplifier previous to the FTC
ruling. Under the new ruling, however, the full power of the
amplifier must be available at all frequencies mentioned,
with no decrease allowed at the ends of the frequency spec-
trum.

Power Handling Capability

Speakers, as well as power amps, may be treated in terms
of their power-handling capabilities, just as electric light
bulbs are marked 10, 60, or 75 watts. We cannot draw further
parallels between speakers, amps, and light bulbs, however,
because the marking on alight bulb means that it always dis-
sipates just that number of watts, not less, not more {pro-
vided it’s being fed the nominal 115 V a.c.). However, if a
speaker is rated at, say, 60 watts, that means it can handle
power up to (but not exceeding) that level. It doesn’t de-
mand (as does the light bulb) that much power when it’s
hooked up to the amplifier. if we try to run more power
through the speaker (by feeding it signals of higher voltage
pressure), thus resulting in too much power being dis-
sipated in its voice coil, one of three undesirable things is
likely to transpire. Either the voice coil will move too far out
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Fig. 3—Impedance versus frequency response for a speaker.
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Fig. 4—Intermodulation distortion versus power output for
three impedances.
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of its magnetic gap and stick, never to return, the voice coil
may just burn out, or the speaker will just make horribly dis-
torted sounds.

Impedance Matching

A high quality power amp will deliver its rated power pro-
vided the load (the speaker) is designed to accept this
amount of power. One of the problems here is that the im-
pedance of the speaker is not a fixed value. It varies from its
nominal value all over the lot, changing as it goes up and
down the audio spectrum; at 70, 80, or 100 Hz the imped-
ance may be five times higher than nominal, and it may also
measure 40 ohms or more at the high end of the frequency
range. This may sound discouraging, and it is, because the
result of the peak is a droop in power transfer. If the peak
occurs at the low frequency end, there is a reduction in the
transfer of power from the amplifier by the speaker, just
where we need extra power for those deep bass notes.
There is an even bigger problem with impedance dips
which, if deep enough, will give the amplifier fits.

Figure 3 is an impedance curve for a hypothetical loud-
speaker. At about 100 Hertz this unit does indeed have an
impedance of 8 ohms. However, the curve shows that the
impedance of this speaker wanders all over the place, with a
peak somewhere around 60 Hertz. This peak decreases the
amount of current delivered to the speaker at that frequen-
cy, resulting in lowered acoustic output. Fortunately, the
peak in the curve at that point is due to speaker resonance.
Now, a speaker is more efficient around its resonant fre-
quency than anywhere else on its curve. Thus, even though
less current is delivered to the unit at resonance, the bass
loss there isn’t as severe as it might otherwise be, due to its
increased mechanical efficiency at that point.

Note also the severe dip in the mid-range region around 1
kHz. The low impedance at that frequency can put excessive
current drain on the amplifier, possibly causing the amp’s
protective relay or fuse to open. Whether this happens or
not will depend on the setting of the preamp’s gain control
as well as the signal level fed into the preamp.

Damping Factor

Many speaker terminals are labelled 4-8 ohms so you
might think that this represents the impedance of the ampli-
fier. Not so at all! This is simply a direction to the installer,
’Attach the two speaker wires here.” There is actually a tre-
mendous mismatch, since the internal impedance of the
amp may be measured in tenths of an ohm. The ratio of the
impedance of the amplifier to the speaker’s voice coil im-
pedance is called the damping factor, which describes the
amp’s ability to control or minimize unwanted, residual
speaker movements such as hangover and ringing. If a
speaker has an impedance of 4 ohms and the amplifier has
an internal impedance of 0.04 ohms, the damping factor
would be 100.

Total Harmonic Distortion (THD)

The amplifier must not only deliver power to the speak-
ers, but should do so with the least possible distortion. To
indicate that an amp has a certain amount of THD at a partic-
ular frequency is analogous to saying that an auto gets 18
miles per gallon when moving along at 10 MPH. But what
about 40 MPH, or more relevantly, 60 MPH2 An amp that is
listed as having less than 1 percent THD at 1 kHz could easily
have several percentage points of THD elsewhere in the
sound spectrum. With amps it is best to know the maximum
THD over the entire frequency range at maximum power.
Then you can be certain that at most frequencies and power

AUDIO ¢ DECEMBER, 1975



elestion

loudspeaker specialists since 1924

New CelestionUL6. Com-
pact enclosure provides
35 Hz-29 kHz overall res-
ponse; -3.5db 80 Hz-20
kHz. Power handling 20
watts continuous RMS
sine wave. Can be used
with amplifiers up to 80
watts RMS per channel.

o
)

DITTON 33

New Celestion Ditton 33. Overall
response 40 Hz-28 kHz; +3 db
60 Hz-20 kHz. Power handling 33
watts DIN continuous.

Ditton 44 Monitor. Power handl-
ing 44 watts DIN continuous. “it
could take 100 watts (at 300 Hz
on a steady-state basis) to
produce an output of 106 db,

New Celestion UL8. Overall res-
ponse 30 Hz-28 kHz; -3 db 70
Hz-20 kHz. Power handling 25
watts continuous RMS sine
wave. Can be used with ampli-

and a power pulse of 486.5 watts
(973 watts peak) to Yyield an
output of 116 db. These figures
attest to both the Ditton’s
robustness and to its excellent

fiers up to 100 watts RMS per dynamic range . . . " —High

channel. uLs Fidelity, June 1973. DITTON 44
Ditton 66 Studio Monitor is top of
Celestion Ditton Series and has

New Celestion UL10. Overall res- received rave reviews worldwide.

ponse 20 Hz-40 kHz; +2 db 40 Appointed “Reference Standard”

Hz-20 kHz. Power handling 50 by “Revue du Son” of France.

watts continuous RMS sine Features 16 Hz-40 kHz overall

wave. Can be used with ampli- response, ultra-low distortion,

fiers up to 200 watts RMS per high efficiency. Power handling

channel. uLio 80 watts DIN continuous. DITTON 66

Also available: Ditton 15 “Bookshelf Classic”

The following quality drivers, used in the 8 models listed above, were totally researched, designed, and built by
Celestion—Britain’s most experienced loudspeaker manufacturer.

HF2000
HD1000

HD700
MD500

MC5
MC6

BASS
UNITS

ABR’s

Ditton 25 floor standing luxury loudspeaker

%" pressure-dome supertweeter specified for B.B.C. monitors.

New 1" pressure-dome tweeter ensures extended treble response, excellent dispersion and complete freedom
from listener fatigue.

New 2" pressure-dome midrange unit.

2" soft-dome midrange unit covers 500 Hz-5kHz with very low distortion, exceptional dispersion. Extremely
powerful magnetic field ensures critical damping and high power handling.

New 5” midrange unit with low mass fibrous cone for outstanding transient response.
6" plasticized midrange unit in damped hermetically sealed transmission line.

UL bass units have 1.5” voicecoil, massive magnet system and specially treated Bextrene diaphragm. Ditton
bass units have specially plasticized fibrous cone to prevent resonances; neoprene roll front suspension permits
long linear axial movement for low distortion bass reproduction.

Auxiliary bass radiators ensure excellent bass response, raise sensitivity, and reduce distortion to negligible
limits.
Sole North American Distributors:

ROCELCO INC. 160 Ronald Dr. Montreal, Canada H4X 1M8 Phone[514] 489-6842
Los Angeles: (213) 9885-5707 Chicago: (312) 381-4559 New York: (516) 938-4057

Check No. 10 on Reader Service Card



levels there will be less distortion than maximum—a reas-
suring feeling.

Distortion is also related to the power output in watts (Fig.
4). Maximum distortion appears at the maximum power out-
put of the amplifier, where waveform clipping begins to
take place as the distortion rises sharply. Figure 5 shows per-
centages of total harmonic distortion for 4- and 8-ohm ar-
rangements working single channel and dual channel.

THD is a main limiting factor in power amp ratings. If
there were no specified THD, then power output would be-
come a “numbers game” and have no real meaning. The
power specification of amplifiers, then, must list, in addition
to THD, the sine wave continuous or average power output,
in watts per channel, for each load impedance, with all
channels driven, and with the power bandwidth in Hertz.

Frequency Response

At one time the frequency response of an amp was a sa-
cred cow, and for good reason. The amp, in in those olden
days, was about as guilty as the phono cartridge (or other
signal source) or the speaker in contributing to degradation
of sound. But not any more, so far as amps are concerned,
since the frequency response of a quality amplifier can
range from a low of 7 Hertz or so to a high of 80 or more kHz
with a variation of +0, -1 dB, usually measured at a 1-watt
level. Now that is a mighty flat response. When plotted on a
graph, it looks as though it was drawn with a straightedge.
But before you clap your hands with joy, consider that the
load (the speaker) has a response curve quite differ-
ent—more like a mountain range.
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Fig. 5—Total harmonic distortion versus power output for
two impedances, showing effect of single- versus dual-
channel operation on power output.
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Fig. 6—One-watt frequency response and bandwidth at full
power for a 150-watt amplifier.
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And if you are going to use low and high filters and tone
controls before the signal reaches the main amp, getting ter-
ribly perturbed about a 1-dB variation in an amp’s frequency
response is fretting unnecessarily. This doesn’t mean you
shouldn’t pay attention to frequency respanse. You should,
for having an amp with a flat frequency response eliminates
an undesired variable from at least one component. But it
does not mean you are automatically guaranteed an equally
automatically faithful sound output. High fidelity is more
than a goal; it is a proper perspective. (See Fig. 6).

Two-Channel Amplifiers

Stereo amps are two-channel devices, that is, two ampli-
fiers built on one chassis, with the power supply for both
also on that chassis. In the past specification sheets often in-
dicated the total wattage of both channels when specifying
power output. Usually, too, there is less power available
when both channels are driven simultaneously, than if one
channel is operated alone. The new FTC power statement
ruling requires that they be stated per channel and with
both channels driven at once.

Amplifier Protection Circuits

At one time speakers were isolated from the output stages
of the main amp by transformers. These devices transferred
the audio current to speaker voice coil while they blocked
d.c. current (coming from the power supply). The main amp
needs d.c. for its transistor elements and gets this from the
power supply. What the speaker voice coil requires, how-
ever, is an alternating current whose waveform resembles
that of the voltage signal input to the main amp. But while
transformers perform the separation function admirably,
they are frequency-sensitive devices and so pass some fre-
quencies on easily to the loudspeaker while impeding oth-
ers.

A direct-coupled stage, now used in most modern amps,
is one in which the output stage is directly coupled to the
speakers. A problem arising from this practice is that failure
of an output transistor may produce a heavy flow of current
though the speaker’s voice coil, damaging or destroying it.
Another possible cause of trouble can be damage to the
transistor amplifier tutput stage caused by a short circuit
across the speaker leads.

To prevent these problems, amps now have a variety of
protection circuits which shut down the power amp at the
first sign of trouble. These can be simple thermal fuses or
complex circuits which detect any severe drop in output
load impedance, especially a short circuit. Some power am-
plifiers use protective relays which can open the connection
between the amp and the speakers, a somewhat more ex-
pensive arrangement than a simple fuse. Silicon controlled
rectifiers (SCRs), which are faster and thus protect more
quickly, are also used to protect the output stage. Still other
and even more sophisticated circuits sense the levels of volt-
age and/or amperage and can shut down the amplifier very
quickly should an excessive level of either occur.

Yet another form of protection exists in the speaker relay
found in most amplifiers and receivers nowdays. You've
probably noticed the few second delay between the time
the unit is turned on and when sound begins to be pro-
duced by the speakers; this is the action of the relay, which
prevents transient current peaks which occur at turn-on
from reaching and possibly damaging the speakers.

Speakers and power amplifiers are hi fi’s electronically
married couple. They not only work together closely, but
the actions of one affects the other. It is this relationship we
will explore in the next installment. g
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Introducing

4,=_:- L Erg il

StEl'CO receivers in

one of the finest collections of
the world: the MX1580.

Power* of the Sony 7065. FM Sensitivity* of the Pioneer 838. Selectivity* of the Sherwood 7900A.
Captare ratio* of the Marantz 2270. Total Harmonic Diistortion® of the JVC VR-5660.

Wit sc many excellent AM/FM
stereo receivers around these
days. who needs another? Sc
instezd of making just “another”
we ccllected the most siznificant
specs-and useful features of fiv= of
the b2sr, and “combined” them in
one: the MX 158(.

Of course, scme of thase f-ve
receive-s have fectures »r one
doesn't kave (we think yoa can

manzgz without t1o phono inzuts).

Bur then, ours has “ectures
they den't have; features you
shou.dn't do witkout.

You pay for—and get—

what you really need.

“he MX 1580 has exclusive
ASNC. which automat:cally re-
duces the noise level on weak stzreo
staticns without reducing separa-
tion oni Strong onss.

And spzcial thermal protecton
for output transistors and the
pow=r -ransformer.

Plus lots mor= we we-e atle to.
includ= and, at $479.957* save
you = few bucks in the bzrgain.

How? It wasn't easy. But w=
had he.p.

The oldest new company
in the business.

Althcush we're a complerely
separate grou, we were able ©
drawon therescurcesof a corpany
that’s been a lzader in the in-
dustrv since 1915. So we could
afford to wzit until we had the
MX 1580 r:ght.

And now it's so right, we ‘nsist
that every s:ngle one be inspectec
twice befcre i's shipped. After all,
we have one of the world’s fin=st
sterea collections to protect.

Features and Specs?
« Ser:sitive front-end with three
dual gate MCSZET's and 4-gang
tuning capacitor.
o Two 6-po.e lirear phase filters for
improved szlectivity and phase
respcnse
» High gain IC quadrature FM
detector.
« Switchable signal-strength/
center-tuned meter.
e Phase lock loop IC circuit for FM
sterec'multiplex.
e Computer designed low pass
audio filters for suppression of
ultrasonic f-equencies.

Che=k No.Z22 on Reader Service Card

Power . . .

« OCL directcoupled d-flerenzjal
amplifier for extended frequency
response ard wide bandwidth

... . B0 watts
per channel, min. RMS

Power Bandwidth . . . ...

ZOI-L—ZCkHz

Total Farmonic
Distorticn

Load.

IMdistortion. ............. 0.8%
Frequency response . . 20Hz-2 5k Hz
Usable sensitivity (IHF) . . . .1.8uV
Selectivity (IHF). .. ... ..... 75dB
Capture ratic (IHF) .. . ... .. 1.5dB
50dB signa! to noise mono : .2.5uV
Stereo separztion @ 1kHz . . .50dB

@10kHz . .40dB

All specs subrect to shange without 1otice.

Specs of comoetitive receivers -aker from manufac-
turers own published data sheers.

**Manufactu-er’s suggested retzil price; option|
with dealer.

We'e being heard from.

MX High Ficelity Components, Ft. Wayne, Inciana 46804



[ Equipment Profiles

Realistic (Radio Shack) Model STA-225
AM/FM Stereo Receiver

b ¢ L4 \‘.’3

. 3333990

o

MANUFACTURER'’S SPECIFICATIONS

FM Section

IHF Sensitivity: 1.9 uV. S/N Ratio: 65 dB. Capture Ratio: 1.2
dB. THD: Mono, 0.6%; Stereo, 0.8%. Image Rejection: 70
dB.

AM Section

Sensitivity: 250 uV/M, internal antenna. Image Rejection: 55
dB.

Amplifier Section

Power Output: 50 watts per channel into 8 ohms from 20 Hz
to 20 kHz (continuous); THD over entire power band, no
more than 1.0%. IM Distortion: Less than 0.6%. S/N: Phono,
60 dB; Aux, 70 dB.

General Specifications

Dimensions: 19-1/8 in. W x 5-3/4 in. H x 15 in. D. Price:
$399.95.

There is a good deal to commend in this Realistic stereo
receiver distributed by Radio Shack stores, but at the same
time we surely would like to have seen Radio Shack give
more than a minimum number of specifications. After all,
not every prospective buyer gets a chance to read an equip-
ment profile in Audio to find out what phono cartridge out-
put matches up best or what the input sensitivities of the
AUX and Tape Inputs are. With too many other firms, such a
scarcity of specs suggest poor performance, yet in this case
Radio Shack is hiding its light under a bushel since the para-
meters we measured turned out too good to hide.

The STA-225’s front panel has the now-familiar long,
black-out dial area, which occupies all but a couple of inch-
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Fig. 1—Rear panel.

es of the panel. When illuminated, the dial area displays a
linear FM frequency scale, a 0-100 logging or reference
scale, and an AM frequency scale. To the right is asingle sig-
nal-strength meter, adjacent to which are the illuminated
words “Auto Magic” about which we will speak shortly. A
good sized tuning knob is located within the blacked-out
dial area as well. Two slide controls at the extreme right op-
erate vertically to control volume level for each channel,
thereby eliminating the need for a separate balance control.
If input program sources are balanced, the two sliders can
be operated in unison with a single finger—a nice touch that
works as well in practice as in theory.

Below the dial scale area are a phone jack (at the extreme
left), seven small push-buttons; dual-concentric clutch-type
bass, mid-range, and treble controls; a program selector
switch; a dubbing-out jack, and a tape input jack (these are
in addition to the usual tape monitoring in and out jacks on
the rear panel). A speaker selector switch also turns on pow-
er, selects main or remote speakers, or chooses Radio
Shack’s ““Quatravox’ passive decoder circuit which synthe-
sizes a four-channel effect from two-channel sources and is
not unlike the Dynaco matrix introduced during the earliest
days of four-channel excitement.

Those seven push buttons mentioned above take care of
such things as switching on the Auto-Magic feature, in-
troducing low and high filter circuits (at a 6 dB/octave slope
rate), activating the tape menitor circuitry associated with
the rear panel tape jacks (to gain access to the Tape 2 front-
panel jack, the main program selector must be switched to
the Tape 2 position), loudness circuit activation, mono ster-
eo switching, and tone control bypass or defeat.

The rear panel of the STA-225 has screw-terminals for
connection of two pairs of speakers, with pin-jacks paral-
leling the “‘main” speaker terminals in case your speaker
systems come equipped with cables and built-in phono
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Fig. 2—Interior view.
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plugs. Antenna screw terminals are provided for 75-ohm,
300-ohm, and external AM antenna connections, and would
you believe that this $400.00 receiver has one of those “‘ca-
pacitor clips’ that couples the line cord to one of the 300-
ohm terminals to serve as an indoor FM antenna? Since this
rather minimal antenna arrangement does a poor job of re-
jecting multipath, we disconnected the clip for our tests and
connected an outdoor FM antenna. Tape out and in jacks,
AUX inputs, and phono input jacks are arranged between
the speaker terminals and the antenna connections, and a
switch near the phono jacks selects high and low input sen-
sitivity. The rear panel also has a pair of a.c. convenience
outlets, a line fuse, and a pivotable ferrite bar AM antenna.
The rear panel is shown in the photo of Fig. 1.

Circuit Features

The chassis layout and circuitry of the STA-225 is shown in
Fig. 2. All tuner parts, including the AM and FM stereo de-
coder sections, are contained on a single large PC board.
The other three major PC modules contain the pre-
amplifiers, the tone control circuitry, and the main power
amplifier circuits. The FM front-end is equipped with a four-
gang tuning capacitor, an FET r.f. amplifier, and bi-polar os-
cillator and mixer stages. FM i.f. circuitry includes four IC
stages (each tuned to 10.7 MHz with a ceramic filter be-
tween stages), a bi-polar input stage, and a conventional ra-
tio detector. Multiplex decoding is accomplished by a single
IC which utilizes the well accepted phase-lock loop ap-
proach to stereo demodulation. Several additional stages

Fiom (Thiciovolis
To Feminusines

Len Feldman

S MANY of our readers may already know, new stan-
A dards for measurement of FM tuners and receivers
were recently approved by the three major elec-
tronic organizations in this country, The Institute of High Fi-
delity, The Electronic Industry Association, and the Institute
of Electrical and Electronic Engineers. Many new measure-
ments of FM products are now called for in the new stan-
dard, including a host of previously omitted performance
specifications having to do with stereo FM perform-
ance.(We will publish a definitive article on the new stan-
dards in the near future; meanwhile, those interested in the
new standard can obtain a copy by sending $6.00 to the In-
stitute of High Fidelity, 489 Fifth Avenue, New York, N.Y.
10017 and requesting a copy of Standard 1HF-T-200, 1975.)
One important change in terminology needs a bit of ex-
plaining right now, since our test reports dealing with FM
products already reflect the use of this term—the dBf. dBf
stands for ““dB referred to 1 Femtowatt” and, for the uni-
nitiated, a Femtowatt is 1 x 10-75 watts—a very small power
figure indeed. The new standards require that signal
strengths, formerly given in microvolts, now be given in
terms of power—or actually in dB referred to 1 Femtowatt.
The purpose of this change is to avoid certain ambiguities
which were possible so long as the ““microvolt” was used. It
is the power of an incoming radio signal that really counts,
and power involves a voltage developed across a known im-
pedance. Clearly, 2 microvolts across 75 ohms represents ex-
actly twice as much power as 2 microvolts across a 300-ohm
impedance (P = E¥Z). A manufacturer who chooses to
measure his microvolts by feeding them into the 75-ohm an-
tenna terminals of his FM product will therefore come up
looking twice as good (or having half as much signal re-
quirement) as a competitor in terms of such specifications as
usable sensitivity (IHF sensitivity), 50-dB quieting signal, ster-
eo threshold signal strength, etc.
By converting to statements of power rather than voltage,
such ambiguities are eliminated, since power is power no
matter what the impedance involved. The new dBf system
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will take some getting used to, and in fact, in our test reports
of FM product performance we plan to give both uV num-
bers as the reference, and the resulting dBf numbers that
correspond when the most popularly used 300-ohm anten-
na terminals are used.

To determine the dBf value for microvolt readings not list-
ed (assuming a 300-ohm impedance and the old IHF “termi-
nated’”’ microvolts), the following formula should prove use-
ful:

Y
dBf = 20 |0g10—0.55

in which @V equals the number of ““terminated microvolts”
you wish to translate to dBf.

Table I: MicroVolts versus dB re 1 Femtowatt.

““Familiar”’ Equivalent
Microvolt

Readings dBf
(across 300 ohms)

1.6 9.28
1.7 9.80
1.8 10.30
1.9 10.77
2.0 121
2.1 11.64
2.2 12.04
25 13.15
2.7 13.82
3.0 14.74
5.0 19.17
7.0 22.09
10.0 25.19
100.0 45.19
500.0 59.17
1000.0 65.19
10,000 85.19
100,000 105.19



are employed in connection with the aforementioned Auto-
Magic feature of this tuner section. When the user touches
the tuning knob, an a.f.c. circuit is defeated, enabling you to
accurately tune in desired FM stations (by ear, since the tun-
ing meter acts only as a signal-strength meter). Releasing the
tuning knob turns on the a.f.c., which then “pulls in” to
center of channel, according to the instruction booklet.
While we generally do not favor a.f.c. circuits, we must com-
ment that during our distortion measurements, we weren’t
able to improve upon the “lock in” of this circuitry, which
did home in on the minimum distortion point of received
(or generated) signals. We found, too, that unlike less so-

o
2 -0 = s 30
et z %
| -20 ol AT | 1
£ 30 N N MONO THD = 0.15% o ]
& _40 ‘~ ~ ] | g
=Y N P bd e ] =t | ..._..!-» apes =
o -50 = o 3 x
w -60 N el L LT e , S
Ton
Z -7 -~ HH o
E - == [a]
E MON S/ < 720817 |
[l sTEREO s/N=67d8 T
o1 10 10 100 I 10K
INPUT — MICROVOLTS ACROSS 300 OHMS
Fig. 3—FM quieting and distortion characteristics.
& "UINPUT, "L OUTPUT
[+e]
° -0
PI- 20 3.0 B
2 / o
= -30 7 25 Z
> 41 =)
S 40 "L INPUT, "R" OUTPUT o 20 &
> T 2
E -50 RER ]
< |~ STEREO THD 3
& N man TR B 1.0
& N A AN
N 1 , MoNo THD LU 0.5
-
- Ll
10 100 X 10K 20K
FREQUENCY — Hz
Fig. 4—Separation and distortion versus frequency.
57.5 W(THD)
0.9
[ | TALL cHANNELS DRIVEN ‘
0.8 | 8-0HM LOADS
INPUT: | KHz FOR THD READINGS i
> |27 -TH—HT T f = BEll
Cale. | - 1] |58 6WI(IM) | |||
i | I ‘5-6 5]\f1(+HIDi
2 os—+4 111 R B e kaauAl
o
x 04 T T L T 4+
2 | {i |
{
»n 03 Fa T t H
1=} | i
0.2 —+ 1 } —H L :
o1l = ‘.1___ e ;4, HH 1 T‘;
| = == I
ol I | i e -tJ ] “ | l i
0.1 1.0 10 100 1K

POWER QUTPUT/CHANNEL —WATTS

Fig. 5—Harmonic and intermodulation distortion versus
power output.

48

phisticated a.f.c. circuits, the presence of this circuit did not
prevent us from tuning to weak stations which were fairly
close to strong ones. Obviously, not all a.f.c. circuits are
alike, and the one in the STA-225 is worth having.
Preamplifier-equalizer circuitry uses discrete devices (two
per channel), and the tone controls are of the conventional
feedback type. We were delighted to note that each of the
slide-volume controls contains two potentiometers—orne
just ahead of the tone control-circuitry, the other at the in-
put to the power amplifier section. This arrangement makes
for best signal-to-noise at any listening level. The main pow-
er amplifier circuits feature direct coupling from input to
output, a differentir! input stage, and complementary sym-
metry output stages. Also included is automatic circuit pro-
tection/amplifier shut-down circuitry which will trip if the
amplifier is overdriven into too low a speaker impedance.

Tuner Measurements

Major tuner performance curves are shown in Fig. 3. IHF
sensitivity in mono measured 2.6 uV (equivalent to 13.7 dBf),
while in stereo, usable sensitivity measured 6.0 vV, or 20.9
dBf. The 50 dB quieting peak in mono was attained with a
signal input of 3.0 uV (14.93 dBf), while in stereo the same
level of quieting was reached with a signal strength of 24 xVv
(33 dBf). Ultimate S/N in mono was 72 dB, while in stereo,
maximum quieting measured 67 dB. Mono THD measured a
low 0.15%, but was 0.5% in stereo for the same 1 kHz audio
signal at full modulation. Capture ratio measured 1.5 dB,
while selectivity (alternate channel) was 70 dB as claimed.
Image rejection was 73 dB, a bit better than claimed. Muting
threshold (which is not adjustable by the user) was a bit
higher than we deemed necessary, allowing signals to break
through at levels of 10 uV (25.4 dBf). Stereo switching occurs
at signal inputs of 6.0 uV (20.9 dBf) or higher—a well chosen
threshold that corresponds exactly to the signal strength re-
quired to obtain usable stereo sensitivity.

As shown in the graph of Fig. 4, stereo separation was in
excess of 40 dB from 50 Hz to 2 kHz, decreasing to 28 dB at
10 kHz. Distortion at frequencies other than mid-band are
also shown in this graph.

Amplifier Measurements

At mid-frequencies, the STA-225 delivered 57.3 watts for
its rated harmonic distortion of 1.0%. At rated output (50
watts per channel), a 1 kHz output signal contained only
0.147% THD and IM measured 0.33% for this same output
level. The rated 0.6% IM was reached at a power output lev-
el of 58.6 watts. At all lower output levels, THD and IM were
both well below the 0.1% mark, as shown in the curves of
Fig. 5.

Distortion was well within FTC limits over the entire fre-
quency band, measuring 0.3% at 20 Hz and 0.63 at 20 kHz. In
order to meet claims, the unit could have had as much as

[ BOTH cHANNELS DRIVEN| .
8 OHM LOADS 1o
.., 2
t 1= It o8 3
06 &
O
04 b
T / 0z ©
i » N
l 1 1 O
10 100 1K 10K 20K

FREQUENCY — Hz
Fig. 6—THD versus frequency.
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INVISIBL
CLEAN

Our two-way speaker systems ADS 1400, L5OO
and L7OO were developed right along with
our more expensive studio speakers for the
best possible reason: we wanted to create
a coherent line of loudspeakers where
every model, regardless of price, would
have to reproduce musical sound with
an optfimum of clarity and a fotal ab-
sense of coloration.

When our engineers finally
were able to meet these
criteria, we called this re-
markably open quality the
‘Invisible Sound’ of ADS. Since
its introduction only two years
ago, it has become the
standard of excellence for
many professionals and g4
dedicated audiophiles.

Our lowest priced speaker, #
the ADS L4OO, costs less §
than SIOQO. Yet it shares i
with all other ADS sys-
tems the ‘Invisible Sound’
and the technical re-
finements that make this
faithful response to the §
input signal possible. For §
instance, we install only
one type of soft-dome
tweeter, a masterpiece

alls L7100

- SOUN

THFUL

in sophisticated audio design. Also, all ADS

speakers utilize similar small-diameter woofers

and the same computer-grade materials for

the crossover networks. The craftsmnanship and

materials that go into every cabinet are
of uniform, high quality.

When you listen to one of our two-way
speakers for the first time, please note
how the virtually massless tweeter meticu-
lously renders every treble detail. Discover
how smoothly the woofers take over the
midrange frequencies, feel the strength
and precision of their compliance to
L asudden bass signal.

As a total value, we believe the ADS
L400, LSOO, and OO are without
{ competition in their respective cat-
egories. Your local ADS dealer will
proudly prove this claim in his sound
sTud|o Take the time to test our
: . speakers critically. Take

the step beyond trans-
§ parency. Experience ‘In-
visible Sound.” It will then
be impossible for you to
. accept anything less.

Analog & Digital Sys-
tems, 64 Industrial Way,
Wilmington, Massachu-
setts O1887.
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1.0% THD at either of those two frequency extremes, and is
therefore conservatively rated by any standards as far as au-
dio power output is concerned. A plot of distortion versus
frequency for full rated (50 watt) output is shown in Fig. 6.
Phono input sensitivity measured 1.5 mV in the ““high sen-
sitivity”” position of the phono rear panel switch and 2.5 mV
in the “low’’ setting. Overload of phono inputs took place
with signal inputs of 180 mV or 90 mV, again depending
upon the setting of the phono sensitivity switch. Hum and
noise was generally much better than claimed, measuring 67
dB for phono (referred to the 2.5 millivolt input sensitivity
and full output) and 76 dB in the high-level AUX setting. In-
put sensitivity for the AUX input measured 200 mV for full
rated output. At minimum volume control settings, residual
hum measured 102 dB below full output. Overall frequency
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Fig. 7—Bass, midrange, and treble control range shown on
spectrum analyzer sweep display. (Scale: 10 dB per vertical
division.)
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Fig. 8—Action of loudness control shown on spectrum an-
alyzer sweep display. (Scale: 10 dB per vertical division.)
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response of the amplifier section was flat within 1 dB from 20
Hz to 20,000 Hz.

Having recently acquired a spectrum analyzer in our labo-
ratory, we decided to display tone control characteristics
“live”” instead of plotting them on graph paper. The photo
of Fig. 7 is a composite, taken by producing sequential fre-
quency sweeps from 20 Hz to 20,000 Hz. Each sweep is re-
tained on a storage oscilloscope so that by successively
boosting and cutting the bass, treble, and mid-range con-
trols on the Realistic STA-225, we were able to assemble this
composite display and record it photographically. Beats
pushing a pencil on graph paper anytime, and it’s far more
accurate since every point is shown, instead of the relatively
few points we usually take to plot a “continuous” pencil
curve.

Inspired by the results (you may expect to see much more
sophisticated applications of spectrum analysis in future test
reports, including analysis of the spectral content of har-
monic distortion), we decided to “plot” the action of the
loudness circuit on our rather expensive version of an
“etch-a-sketch” toy and the results, for reader’s amazement
and amusement, are shown in the ‘scope photo of Fig. 8. As
you can see, the loudness circuit is continuously variable,
but what isn’t readily apparent is that the circuit is tied in
through the volume controls—an interesting arrangement.

Listening and Use Tests

Getting back to the STA-225, we hooked it up to a pair of
low-efficiency, air-suspension speakers and put it through
its paces. FM performance was quite good and, if you were
wondering about the absence of a stereo indicator light, rest
assured it was not forgotten. The dial pointer itself changes
color (it glows a bright red) whenever a stereo signal is inter-
cepted on the FM dial. Controls are easy to use and good to
the touch, particularly those dual slide volume controls. The
mid-range tone control is a useful feature usually found
only on separate preamps and amps ot much more ex-
pensive receivers. Sometimes called a “presence” control
{(because it can be used to enhance vocalist’s sounds and to
“bring the vocalist forward” in the stereo sound field), its
range in the STA-225 is just right for its intended pur-
pose—about +5 or +6 dB at maximum rotation.

After satisfying ourselves that the STA-225 performed well
with our test speakers and a variety of program sources, we
attached two more speakers and switched to the Quatravox
mode. Depending upon the recordings used, synthesized
four-channel effects ranged from barely audible to highly
pronounced. Certainly, this circuit isn’t intended to sub-
stitute for true four-channel but it is of some interest, espe-
cially if you own a large record collection and have some
discs with sufficient out-of-phase ““ambience” information
to show off the passive circuit to its best advantage.

In summary, the Realistic STA-225 offers a great deal of
value for its modest (these days) price of under $400.00.
Power output is solid all the way down to the nether-bass re-
gions, and there was no evidence of excessive heat at the
output stages even after several hours of use at loud volume
levels. Perhaps Radio Shack is right in promoting the receiv-
er for the more casual user by omitting some important
specs and treating the connection panel in a “compact sys-
tem’” way, but we think the audio enthusiast seeking 50
watts per channel has graduated from that level and expects
a more audiophilic approach to product presentation.
When it comes right down to it, the STA-225 is just too good
for anything less than an enthusiastic treatment from its
makers and distributors. Leonard Feldman
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A tribute to appreciation.

Music appreciation. Art appreciation. Appreciation for excellence in
performance. A fulfillment that comes from the experience, not from the
parameters by which it was created.

The Contrara Group of loudspeakers is a tribute to that
appreciation. We should not deliberate how Amilio Contrara has
sculpted the walinut, blended it with cloth and merged it with
technology to bring visual satisfaction. Nor, how he has balanced
the electronics with physics to provide audible gratification.

Ours is only to enjoy. To appreciate. To savor.

Something only our ears and eyes can savor for themselves.

It you enjoy your music and quality craftsmanship, you'll appreciate
the Contrara Group; it's a tribute to your sensitivity. Write us for additional
information. We'll send you a booklet on appreciation and a list of
locations where you can enjoy Contrara.

JENNINGS RESEARCH INC. gin:jd}aiac;i'sx?niﬁs%% Aﬁgls()aggggﬁ,(l:rvac'.”'o?:azig :

CIRCLE 25 ON READER-SEAVICE CARD For name of nearest dealer, call tolt free area code (800) 447-4700. In Hiinols, call (800) 322-4400
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TEAC performance
and r eliabilil:g ooo

how can you really afford anything less ?

At TEAC, our fundamental
mandate for any new product is
performance and reliability. First and
finally. Qualities that are measurable
in terms of mechanical stability and inherent
design integrity.

These are essentials. Because our technological
resources established the cassette deck as a true
high fidelity component. So we demand that a new
product possess that measure of TEAC quality.

And that’s what distinguishes the A-170.
Compare it with other inexpensive cassette decks,
please. Just call (800) 447-4700* for the name of your
nearest TE AC retailer. We think you’ll agree it’s a value
you can rely on. *In Illinois,
call (800) 322-4400.

TEAC.

The leader. Always has been.
TEAC Corporation of America/7733 Telegraph Road, Montebello, Ca. 90640/© TEAC 1975
Check No. 51 on Reader Service Card






