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40 Watts MONOPHONIC...
20 Watts STEREOPHONIC ...
with RCA-6973 TUBES

See her sitting there so neat. And | tell you very confidentially...

the 6973's got POWER. .. real power for such a small “bottle”. Four of them,
in twin, push-gull class AB1 circuits, put 20 watts of power into each of

two output-transformers to give you the brilliant sterec sound ycu dream about.
With the flip cf a switch, you can parallel the twin circuits for 20 husky

watts’ monophonic power output. Big on power.. small in size...long on
low-cost design possibilities...everything about RCA’s 6973

beam-power fube makes sweet news.

Whether you'-e designing for monophonic or stereo high fidel ty, you'll want
to hear the many other facts your RCA Field Representative car give you
on the RCA-6773. For technical data, write RCA Commercial Engineering,
Section EQ1CE, Harrison, N. J.

RCA tubes lor H.gh Fidelity also ovailable from your local Authorized RCA Tube Distributor

RADIO CORPORATION OF AMERICA

a
@' Electron Tube Division Harrison, N. J.
e

WWW. akhnerieaniadiahisiary.com

RCA FIELD OFFICES

EAST:

MIDWEST:

WEST:

744 Broad St.

Newark 2, N, J.
HUmboldt 5-3900

Suite 1154,

Merchandise Mart Plozo,
Chicago 54, 11,

WHitehall 4-2900

6355 E. Washington Blvd.,
Los Angeles 22, Calif.
RAymend 3-8361
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FM inter channel hus

COVER PHOTO—Music wall built by E. L. Phillips, Jr. for his home in Odessa,
Texas. In the upper compartments are two McIntosh MC-60 power amplifiers
and a Fairchild 411-H turntable with Grado arm and stereo cartridge and a
Calrad viscous damped arm with an ESL Conecert monophonic cartridge. The
center row contains a Garrard RC-88 changer with E-V stereo cartridge, a
MelIntosh C-20 stereo preamp (serial No. 6), Magnecordette stereo tape recorder
and amplifier, Grundig TK-820 tape recorder (for background music), and
drawers for tape storage, tools, spare cables, microphones, ete. Two Bozak 305
speaker systems at the bottom flank a record storage compartment. Cabinet cost,
only about $450.

A new nolise muting system
without loss of sensitivity

for Ultimate Fidelity q

AUDIO (title registered U. 8. Pat. Off.) is published monthly by Radio Magazines, Ine., Henry A. Schober, President:
€. G. McProud, Secretary. Executive and Editorial Offices, 204 Front St., Mineola, N. Y. Subscription rates—U. B.
Possemsions, Canada and Mexico, $4.00 for one year, $7.00 for two years. all other countries, $5.00 per year. Single
copies 50¢. Printed in U.8.A. at Lancaster, Pa. All rights reserved. Entire contents copyrighted 1959 by Radio Magazines,
Inc. Entered as Second Class Matter February 9, 1950 at the Post Office, Lancaster. Pa. under the act of March 3, 1879.

RADIO MAGAZINES, INC., P. 0. Box 629, MINEOLA, N. Y.
Postmaster: Send Form 3579 to AUDIO, P. O. Box 629, Mineola, N. Y.

AUDIO e MAY, 1959 1

WWW. atmerdsaasadioRhistery.com


www.americanradiohistory.com

GRADO

“Truly

the

world’s
finest...”

GRADO

UABORATORIES, INC

AUDIOCLINI

??

JOSEPH GIOVANELLI*

Deemphasis and Time Constant

Q. I have a Browning RJ48 tuner which
which has given exemplary service since
1954. Its FM response has a rising char-
acteristic to 10,000 cps, which makes it
slightly on the bright side, which is not
1oo objectionable; but I have lately added
a tape recorder and the high-frequency
boost in the tuner together with the high-
frequency boost in the recording equali-
zation causes a most unpleasing sound on
playback. The de-emphasis nctwork at the
discriminatlor of the tuner consists of a
series 75,000-ohm resistor, followed by a

© 620 uuf capacitor to ground, with the

signal taken off the capacitor.

1. How can I change this nctwork lo give
me flat response?

2. What is the method used to calculate
the time constant? John A. Roberts,
Quecbee, Canada.

A. The values in the de-emphasis net-
work of your Browning RJ48 tuuer should
be a 75,000-ohm resistor and a 1000 puf
capacitor. However, the a.c. resistance of
the diseriminator is approximately 10,000
oltms and is in series with the de-emphasis
network. Therefore, the actual value of
the external resistor to be used is 65,000
ohms since this value plus the 10,000 olhns
inherent in the discriminator itself is equal
to 75,000 ohms, the correct value needed
for the time constant of the de-emphasis
network, 75 mieroscconds.

The time constant in icroseconds of
a resistor and ecapacitor in series may be
figured by assuming the eapacitor to be
in miero-mierofarads and the resistor to
be expressed in terms of megohms. By
multiplying resistance by capacitance, you
will then have the time constant of the
network in microseconds.

Interconnecting a.c. Equipment with
AC-DC Receivers

Q. My problem concerns strong hum
after connecting an FM tuner into an AC-
DC receiver which has the input specifically
marked: “for FM tuner, TV sound, phono.”
This sounds as though it was meant for
connecting a.c. devices. The recciver has
push-pull output and a phase inverter, and
the usual series-connected filaments. It also
has a shunt resistor-capacitor connected
from B minus to chassis ground. Ils tuner
input has a 0.01-uf capacitor connecting
the signal lead and its shield and a 0.01-uf
capacitor connecting shield and B minus.
The dnput shield does not connect to
chasais. Everything seems in order accord-
ing to the manufacturer's schematic. Can
you kindly give me an idea of what s
happening to cause hum? Can it be elimi-
nated or reduced? I would like to use the
receiver as a handy, quick check for tuners
and other equipment. 8. W., New York,
N. Y.

A. AC-DC receivers are normally trou-

* 8420 Newkirk Ave., Brooklyn 8, N. Y.

WWW. asnerieaniadiahisiery.com

Llesome when connected s’ amplifiers.
This results partly from the direct con-
nection to the power line and partly be-
cause of poor grounding in such circuits.
Poor grounding is made necessary in order
to isolate these circunits from the line. This
isolation, in turm, is made necessary to
minimize the shock hazard and to conform
to U. L. requirements. The first of these
outlined conditions may he remedied by
placing an isolation transformer between
the set and the power line. One side of
the primary of this transformer should be
bypassed to B minus with a 0.05-uf
capacitor, of 400 volt d.c. rating.

If this procednre proves unsatisfactory,

we must improve the grounding. This is in
addition to using the isolation transformer.
(Use of this isolation transformer elimi-
nates the shock hazard which might other-
wise result after the readjustment of the
ground lead.)
1. Conneet B minus directly to the chassis.
2. Conmnect the return for the tuner input
to the point at which the first audio ampli-
fier stage is grounded.

The Pickering Stereo Cartridge

Q. My original monophonie sctup worked
very well. After 1 switched to stereo, 1
experienced difficulties with my Pickering
stereo cartridge. When I connecled this
cartridge 1o the input terminal (specifi-
cally marked “Pickering”)y of my pream-
plifier, 1 obtained almost no gain.

I noticed, also, that the cartridge when
tracking at 2-4 grams, has considcrable
distortion, especially at the high end.

How may 1 correct these conditions?
Harry Hausman, Weirton, W. Va.

A. The new Pickering sterco cartridge
has relatively low output as opposed to the
older monophonic cartridges for which the
Pickering terminal on your preamplifier
was designed. The ecartridge, therefore,
should be plugged into the high-gain input,
normally used for G12 inputs and the like.

The original Pickering stereo cartridge
eannot track at 2—4 grams, because this is
not sufficient force to push the stylus shank
parallel to the face of the disc and, there-
fore, in line with the polepieces. A (-8
gram tracking foree should provide the
Dest results. There is a new T-bar stylus
assemibly, however, whieh will track at the
lower force, and it is interehangeable with
your present one.

1. Aging of Power Tubes
2. Pots in Filament Circvits

1. I should like very much to learn how
the power oufput and distortion character-
istics of such tubes as KT88’s, EL34’s, and
so forth, vary with age. I am unable to find
anything on the subject in the literature
available to me.

2. I should also like to know why, in
hum-balancing circuils across 'fllament
windings, 100-ohm potentiometers are used
instead of 1000-ohm or higher valued units.
A. J. Steen, Los Angeles, Calif.

AUDIO e MAY, 1959

14


www.americanradiohistory.com

Nome.

La. [Ny

Address

City

Stereo and monaural . .. most people ready to buy high fidelity com-
ponents seek advice from friends who own them. Generally you will find that these
knowledgeable owners have a Garrard changer. And if you ask experienced dealers,
they will invariably tell you that for any high fidelity system, stereo or monaural, the

world’s finest record changer is the...

WWW amerieaatadiahigtary com
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if it's
worth
recording,
it's worth
putting on

A tape recording is no better than the tape used to
make it. You can’t get first-class sound from second-
class tape. When you buy Audiotape, you know
you're getting the truly professional quality record-
ing tape ... no matter which of the eight types you
choose. Remember, there’s only one Audiotape qual-
ity—the finest obtainable anywhere. And this single
quality standard is consistent within each
reel, uniform from reel to reel, type
to type. It’s your assurance of get-
ting all the sounds—from the tuba’s
lows to the highest highs.

Manufactured by AUDIO DEVICES, INC.
444 Madison Ave., New York 22, New York
Offices in Hollywood & Chicago e

WWW. asmerieantadiahistory.com

A, 1, There can be no data given as to
what happens to power tubes as they age.
This is because the change in characteristics
varies with the manner in which the tubes
are operated and the manner in which the
aging occurred. In other words, the tube
will have a far longer life when voltages
are conservatively applied than when volt-
ages at or near the tube’s maximum ratings
are applied. Much also depends on the
operating cycle—whether the amplifier is
operated continuously or sporadically for
short periods.

2. Low impedance potentiometers are
used in hum-balancing circuits because they
will draw sufficient current from the fila-
ment winding to make their effects felt.
The potentiometer serves to ground the
filament supply to the exact electrical cen-
ter of the circuit. This will cause the hum
voltage to be symmetrical, thereby keeping
hum to a minimum. If the resistance of the
potentiometer is high, the resistance be-
tween this electrical center and ground
will also be high. A high resistance is a
poor ground.

Input Voltage and Signal-to-Noise Ratio

Q. 4 certain preamplifier, with a tape-
head input of 0.5 mv, has a signal-to-noise
level of 50 db. What would be the moise
level for an input signal of 1 mv? For &
mv? H. 8., New York, N. Y.

A. If the signal-to-noise ratio of a pre-
amplifier at 0.5 mv is 50 db, it will increase
to 56 db with a 1 mv signal applied, and
will increase to 62 db with an applied signal
of 2 mv. Of course, it is assumed that the
input impedance is equal in all three in-
stances.

It might at first be supposed that by
doubling the input signal voltage the im-
provement in signal-to-noise ratio would
also double—thereby providing an im-
provement of only 3 db. Doubling the volt-
age across a constant impedance, however,
causes the power to increase as the square
of the voltage—in this case 4 times. The
basic formulas for calculating the amount
of gain or loss in db are based upon power
rather than upon voltage. Since the power
has increased 4 times, the signal-to-noise
ratio will inerease by 6 db as already
mentioned.

Amplifiers at High Power Levels

Q. I would like to test the sound quality
of my amplifier when it is operating at
levels up to 20 watts, its nominal capacity.
I presently have a 20 watt capacity, 16-
ohm speaker, and would like to listen to
it at normal levels while the amplifier is
working hard. What kind of arrangement
can be used under these circumstances lo
drain most of the power from the ampli-
fier? A VTV M, wattmeter, and audio gener-
ator are available. Irwin B. Margiloff,
Syracuse, N. Y.

A. AN you nced to do to lower the
power fed to your speaker is to connect a
16-ohm L pad to the system. Instructions
for so doing are usually furnished with the

ad.

r Be sure the L pad has a power-handling
capacity great enough to handle the maxi-
mum power you will feed into the system.

E
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Amperex° tubes

are making music in the
world’s finest STERES

SySthS coe

AMPEREX ‘preferred’ tube types have proven
themselves in the world's finest monophonic ampli-
fiers. Now AMPEREX is paving the way with tubes
for the world’s finest Stereophonic systems. Devel-
oped in the research laboratories of Philips of the
Netherlands, and applications-engineered by
Amperex for the American electronics industry. these
ultra-advanced tubes have proven their reliability and
unique design advantages in late model amplifiers
and tuners of the world's leading high fidelity manu-
facturers. Sold by franchised dealers everywhere. ..
available for off-the-shelf deliveries in any quantity.

Detailed data and applications engineering assist-
ance available from Semiconductor and Special
Purpose Tube Division, Amperex Electronic Corp.,
230 Dufly Avenue, Hicksville, Long Island, N. Y.

ask Amperex

W about hi-tl tubes for hi-ti stereo circultry

POWER AMPLIFIER TYPES

B6CAT/EL34 — Exceptionally linear, high-power out-
put pentode with low-voltage drive requirements.
Up to 100 watts in push-pull.

EL84/6BQ5-Unique AF power pentode combining
high gain and linearity with 9-pin miniature con-
struction. Up to 17 watts in push-pull.

ELB6/6CWS—Low voltage, high current version of

the type EL84/6BQS. Up to 20 watts in push-pull.
ECL82/6BM8 ~Triode-pentode. Up to 8 watts in
push-pull.

ucLaz/sosm Series string (100 ma. SOv) version
of ECL82/6BM

PCLB2/16A8— Senes string (300 ma. 16v) version
of ECL82/68M

VOLTAGE AMPLIFIER TYPES

EF86/6267—High-gain pentode with exceptionally
low hum, noise and microphonics.® Particularly
suitable for pre-amplifier and input stages. Similar
to the Z739 and the $879.
ECC81/12AT7—Medium-gain dual triode with low
hum, noise and microphonics. Replaces the 12AT7
without circuit changes.

ECC82/12AUT—Low-gain dual triode with low hum,

noise and microphonics. Replaces the 12AU7 with-
out circuit changes.

ECCB3/12AXT—High-gain dual triode with low hum,
noise and microphonics. Replaces the 12AX7 with.
out circuit changes.

ECF80/6BL8 —High-gain triode-pentode with low
hum, noise and microphonics.

RF AMPLIFIER TYPES

6DI8/ECC88-—Frame grid, sharp cut-off twin triode.
Particularly suitable for cascode circuits, RF & IF
amplifiers, mixer & phase inverter stages. Fea-
tures high transconductance and low noise.
*6ES8—Similar to 6DJ8/ECCBB. Has remote cut-off
characteristics.

*GER5—Frame grid shielded triode with remote cut-
off characteristics. Suitable for RF amplifiers in
TV & FM tuners. Features high transconductance

and low noise.

TECCB85/6A08—High gain dual triode for FM tuners
with shield between sections for reducing pscil-
lator radiation.

EBFB9/6DCB8—Duo diode-pentode with remote cut-
off characteristics. Suitable for RF & IF amplifiers.
ECF80/6BL8—High gain triode-pentode for RF am-
piifiers.

RECTIFIER TYPES

EZ80/6V4 — Indirectly heated, full-wave rectifier
with 6.3 v, 0.6 amp. heater, 90 ma. output capac-
ity and 9-pin miniature construction.
EZB81/6AC4 — Indirectly heated, full-wave rectifier
with 6.3 v, 1 amp heater, 150 ma. output capacity
and 9-pin miniature construction.

GZ34/5AR4 — Indirectly heated, full-wave rectifier
with 5 v, 1.9 amp heater and 250 ma. output
capacity. Octal base. Replaces the 5U4G without
circuit changes with the advantage of lower
tube voltage drop because of the unipotential
cathode.

Also Available: /NDICATOR TUBE TYPES

EMB4/6FG6—Indicating pattern is a varying length
bar. For use in broadcast receivers and tape
recorders.

DM70/1M3—Subminiature type with '‘exclamation
mark'' indicating pattern. Features iow filament
consumption (25 ma.).

GERMANIUM DIODES

1N542—Matched pair. Replaces GALS In FM de-
tector circuits.

1N87A—High RF rectification efficiency diode. Suit-
able for AM detector circuits.

WWW amercearadioRistery com

2300, 450 & 600 mo series siring versions ovailable,
1300, 150 & 100 mo series string versions available.
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for less work and more play

GET THE TURNTABLE
THAT CHANGES RECORDS!

R AR R T

"

MIRACORD XS-200

No turntable and no record player,
in the history of high fidelity, gives
you more quality and more features
than the famous MIRACORD XS-200!
® heavyweight, professional-type turn-
table—and a fully-automatic changer!
® plays both stereo and monophonic!
® push-button controlled throughout!
® Magic Wand spindles eliminate
pusher platforms and stabilizing
arms!
® intermixes 107 and 12”; plays all
4 speeds; has a 4-pole motor!
® even as a turntable it shuts off
automatically when record is
finished and tone arm returns to
rest position.

—yet it costs only s67s°uudiophils net

STEREOTWIN 20

the stereo cartridge that

ELIMINATES HUM!

STEREOTWIN is the perfect magnetic
hi-fi cartridge for stereo and mon-
aural! It fits all record changers and
standard tone arms. And thanks to
special construction and MuMetal
shielding, it eliminates hum! Instant
stylus replacement, too.

NOW $4450 audiophile net
Y

&

For Free catalogue, nlease write Dept. A
AUDIOGERSH CORP.
514 Broadway, New York 12, N.Y. [
WORTH €-0800

FAR AHEAD) THE FINEST BY FAR
Available at selected dealers.

LETTERS

More About the Decibel

Sie: .

Mr. Westphal's artiele “The Decibel—
Fact or Fable?’ correctly states that the
decibel is defined in terms of a power
ratio and then coneludes that it cannot be
used to express voltage ratios except for
equal impedances. J agree with Mr. West-
phaP’s contention that some specifications
using the term “decibel” should be made
more definite, but I do not see why a
voltage ratio cannot be expressed in deci-
bels, regardless of impedance, as long as
it is properly defined, purely as a voltage
ratio. In this case, the formula 2 =20 log
E,/E, is applicable.

Tliere are many cases where we are
interested in this figure and not the power
ratio. Mr. Westphal's own illustration of
the use of the decibel in the specifications
of an oscilloscope amplifier is a rather
good onc. A cathode-ray tube is driven by
voltage and not hy power, and when the
speeifieation says “response is down only
3 db at 200 ke,” it means that the voltage
gain of the amplifier at 200 ke is not one
half of its mid-frequeney gain, as stated,
but 0.707 of its gain at mid-frequency.
The specification is not coneerned with
the power output as sueh but only with the
amount of voltage that is required to get
a given deflection on the oscilloseope screen.
Tn this case, gain is purely output voltage
divided by input voltage, aud the voltage
definition of () should be applied.

In the paragraph relating to noise and
hum rating, a manufacturer is quoted as
stating that his amplifier has a hum level
=90 ah below 20 watts. If it is -90 below
20 watts, it must he 90 db above 20 watts,
Although this is a common form of expres-
sion, it is wrong. The hum level shonld be
stated as being -90 db with respeet to 20
watts, or 80 db below 20 watts, but cer-
tainly not —90 db below 20 watts. Later
in the same paragraph, the statement is
made that “the humn is found to be down
~80 dbh.” One would not say that the
temperature dropped —15 degrees, and I sce
no more reason to apply this practiee to
decibels.

Power amplifiers with input impedances
of the order of 100,000 ohmms or more arc
often rated in db. Is this power gain? If
s0, changing the input resistor will change
the “gain” of the amplifier. We don’t
mateh impedances at the input, but usnally
drive the amplifier from a fairly low source
impedanee. The input power is of no con-
eern to us; all we care about is what
voltage it takes to drive the amplifier to
full output. Here, deeibels shoukl not be
used at all. T suggest the use of the ex-
pression: P./E;*, or watts output per volt
input squared. Now if an amplifier is
rated at 40 W/T7?, this means that 1 volt
input will give us 40 watts, 0.5 volt will
give us 10 watts, and so on. Thus we ean
get the information we want from the
expression.

Vicror BROCINER, Staff Consultant,
University Loudspeakers, Ine.,

80 S. Kensico Ave.,

White Plains, N. Y.

Stereo Compatibility Translator
Sr:
Several recent requests for additional

infornation indieate increasing interest in
my Stereo Compatibility Translator, whieh

WWW. asknefieaniadiahistory.com

was deseribed in the August, 1958, issue.
One inquiry has led to a slight cireuit im-
provement. .

This ecircuit revision eliminates a loud
“plop” which accompanied operation of
the LEFT CHANNEL PHASE switch. It re-
quires one additional capacitor and two
resistors, as shown in Fig. 1.

+150 V.
B+
; LEFT (5)
CHANNEL

PHASE

100 K
BALANCE

75 V. BIAS

Fig. 1

As to the power requirements, let it be
said that any supply delivering 100 to 250
volts d.e. at 10 ma can Dbe used without
deteriorating performance. If other than
150 volts is used, the nominal +75-volt bias
will adjust properly to the correct mid-
value, using the series 100 k resistors shown
in the original schematic.

The translator can be used for many
different applications. For general use it
should be inserted between a pair of pre-
amplifiers and power amplifiers. It is not
recommended that it be used directly at
the outpnt of a stereo cartridge. For FM
Multiplex, {he translator can be used fol-
lowing the output of a sub-carrier filter
and detector.

If the translator is incorporated as part
of a preamplifier with direct wiring to
succeeding circuits, the cathode followers
nay be eliminated.

HerBertr M. Honig,
127 Lake Street,
Englewood, N. J.

Acceptable or Not?”
SIRr:

After careful study of specifications and
using the greatest care in the sclection of
components, I have a stereo system which
all the local critics pronounce the best that
they have heard.

You ean well imagine my dismay upon
reading our (mis)leading® consumer or-
ganization’s reports to find that most of
the components used are ‘“unacceptable.”

Should I destroy this system and bhuild
anew using “Check-Rated” components or
go on enduring its “Wowing” turntable.
“Shattering” pickup, “Groove-jumping”
arnn, and its $700.00 worth of “Unaccept-
able” speakers?

T. H. KUYKENDALL,

535 Daytona Ave.,

Holly Hill, Florida.
(* Italics ours. By all means, replace
encrything immediately.  Don’t  ever {trust
your own judgement. Be regime?zted like
cveryone else. Ep.)
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MONAURAL-STEREO PREAMPLIFIER
KIT (Two Channel Mixer)

MODEL SP-2 (stereo) $56.95 Shpg. Wt. 15 (bs,
MODEL SP-1(monaural) $37.95 Shpg. Wt. 131bs.

MODEL C-SP-1 (converts SP-1to SP-2) $21.95
Shpg. Wt. 5 lbs.

Special “building block™ design allows you lo
purchase instrument in monaural version and add
stereo or second channel later il desired. The SP-1
monaural preamplifier features six separate inpuls
with 4 input level controls. A function selector
switch on the SP-2 provides two channel mixing.
A 20’ remote balance control is provided.

PROFESSIONAL STEREO-MONAURAL
AM-FM TUNER KIT

MODEL PT-1 $8995

The 10-tube FM circuit features AFC (automatic
frequency control) as well as AGC, An accurate
tuning meter operates on both AM and FM while
a 3-position switch selects meter functions without
disturbing stereo or monaural listening. Individ-
val flywheel tuning on both AM and FM. FM
sensitivity is three microvolts for 30 db of quicting.
The 3-tube FM front. end is prewired and pre-
aligned, and the entire AM circuit is on onc printed
circuit board for easc of construction. Shpg., Wit.
20 Ibs.

AUDIO e MAY, 1959
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STEREO EQUIPMENT CABINET KIT

MODEL SE-1 (center unit) $14995
Wi 162

MODWE.L_ SF:-1 (speaker enclosure) $3Q95 .\,
Superbly designed cabinetry to housce your complete stereo System
Delivered with pre-cut panels to fit Heathkit AM-FM tuner (PT-1).
sterco preamplitier (SP-1 & 2) and record changer (RI-3). Blank
panels also supplied 1o cut out for any other equipment you may now
own. Adequate space also provided for tape deck. speakers. record
storage and amplifiers. Speaker wings will hold Heathkit 8S8-2 or
other speaker units of similar size. Available in unfinished birch or
mahogany plywood.

World's largest manufacturer of
electronic instruments in kit form

HEATH COMPANY

Benton Harbor, 25, Michigan

U@bsld/ary of Daystrom, Inc.

HIGH FIDELITY
RECORD CHANGER KIT

o MODEL RP-3 $6 495

Turntable quality with fully automatic

features! A unique “turntable puause” allows

record 1o fall gently into place while turntable is stopped. The tone

arm engages the motionless record. and a friction clutch assurcs

smooth start. Automatic speed selector plays mined 333 and 45

R PA records regardless of sequence. Four speeds available: 16, 33%,

45 and 78 RPM. Changer complete with GE-VR-I1 cartridge with

diamond P and sapphire 78 stylus. changer base. stylus pressure
gauge and 45 RPM spindle. Shpg. Wt 19 Ibs.

“EXTRA PERFORMANCE'' 55
WATT HI-FI AMPLIFIER KIT

A real work horse packed with top quality
features. this hi-fi amplifier represents a4 asa
remarkable value at less than a dollar per *
watt. Full audie output at maximum
damping is a true 55 watts from 20 CPS
10 20 ke with less than 27; total harmonic MODEL W7-M $5495
distortion throughout the entire range.

Featuring fumous “bas-bal” circuit, push-

pull EL34 tubes and new modern styling.

Shpg. Wt 28 Ibs.

€ ;g
.
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‘BOOKSHELF'' 12 WATT AMPLIFIER KIT
MODEL EA-2 $2895

There are many reasons why this attractive amplifier is such a tre-
mendous dollar value. You get rich, full range, high fidelity sound
reproduction with low distortion and noise . . . plus ““modern styling”.
The many features include full range frequency response 20 to 20,000
CPS +1 db with less than 19, distortion over this range at full 12
watt output—its own built-in preamplifier with provision for three
separate inputs, mag phono, crystal phono, and tuner—RIAA equal-
ization—separate bass and treble tone controls—special hum control
and it's casy-to-build. Complete instructions and pictorial diagrams
show where every part goes. Cabinet shell has smooth leather texture
in black with inlaid gold design. Shpg. Wt. 15 lbs.

“MASTER CONTROL" PREAMPLIFIER KIT
MODEL WA-P2 $1975

All the controls you need to master a complete high fidelity system
are incorporated in this versatile instrument. Featurcs S switch-
selected inputs each with level control. Provides tape recorder and
cathode-follower outputs. Full frequency response is obtained within
+ 144 db from 15 to 35,000 CPS and will do full justice to the finest
available program sources. Equalization is provided for LP, RIAA,
AES;, and early 78 records. Shpg. Wt. 7 Ibs.

0]

HIGH FIDELITY TAPE Reeaasl

RECORDER KIT
MODEL TR-1A $©Q9Q®6 MODEL TE1 $3995

Includes tape deck assembly. pre- Shpg. Wi. 10 Ibs. (Tape Preamplitier Only)
amplifier and roll of tape.

The model TR-1A provides monaural record/playback with fast
forward and rewind functions. 7% and 334 IPS tape speeds are
selected by changing belt drive. Flutter and wow are held to less than
0.35%. Frequency response at 714 IPS +2.0 db 50-10,000 CPS, at
3% IPS £2.0 db 50-6,500 CPS. The model TE-! record/playback
tape preamplifier, supplied with the mechanical assembly, provides
NARTB playback equalization. A two-position selector switch pro-
vides for mike or line input. Separate record and playback gain
controls. Cathode follower output. Complete instructions provided
for easy assembly. Signal-to-noise ratio is better than 45 db below
normal recording level with less than 19, total harmonic distortion.
(Tape mechanism not sold separately). Shpg. Wt. 24 lbs.

HIGH FIDELITY AM TUNER KIT
MODEL BC-1tA $2695

Designed espccially for high fidelity applications
this AM tuner will give you reception close to
FM. A special detector is incorporated and the
IF circuits are “broadbanded' for low signal
distortion. Sensitivity and selectivity are excellent
and quiet performance is assured by a high
signal-to-noise ratio. All tunable components
are prealigned before shipment. Your “*best buy"
in an AM tuner. Shpg. Wt. 9 ibs.

HIGH FIDELITY FM TUNER KIT
MODEL FM-3A $2695

For noise and static-free sound reception, this FM
tuner .is your least expensive source of high fi-
delity material. Efficient circuit design features
stabilized oscillator circuit and broadband IF
circuits for full fidelity with high sensitivity. All
tunable components arc prealigned before ship-
ment. Edge-illuminated slide rule dial. Covers
complete FM band from 88 to 108 mc. Shpg.
Wi, 8 1bs.

‘UNIVERSAL" 12 WATT
AMPLIFIER KIT

MODEL UA-1 $2196

Ideal for stereo or monaural applications, this
12-watt power package features less than 29,
total harmonic distortion throughout the entire
audio range (20 to 20,000 CPS) at full 12-watt
output. Use with preamplifier models WA-P2
or SP-1 & 2. Taps for 4, 8 and 16 ohm speakers.
Shpg. Wt. 13 Ibs.

e
HEATHKIT

YOU'RE NEVER OUT OF DATE
WITH HEATHKITS

Heathkit hi-fi systems are designed for maximum flexi-
bility. Simple conversion from basic to complex systems
or from monaural to slereo is easily accomplished by

adding to already existing units. Heathkit engineering
skill is your guarantee against obsolescence. Expand
your hi-fi as your budget permits . . . and, if you like,
spread the payments over easy monthly instaliments
with the Heath Time Payment Pilan.

AUDIO e MAY, 1959
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CONTEMPORARY
Model CE-1B Birch
Model CE-1M Mahogany

¢ No Woodworking Experience
Required For Construction.

* All Parts Precut & Predrilled
For Ease of Assembly.

* Maximum Overall Dimensions:
18" W. x 24" H. x 35%" D.

IT'S EASY . . . IT'S FUN
AND YOU SAVE UP TO ¥
WITH DO-IT-YOURSELF HEATHKITS

Pulling together your own Heathkil can be one of the most
exciting hobb'es you ever enjoyed. Simple step-by-step in-
slructions and large pictorial diagrams show you where
every part goes. You can't possibly go wrong. No previous
electronic or kit building experience is required. You'll
learn a ot about your equipment as you build it, and, of

TRADITIONAL

Model CE-1T Mahogany

CHAIRSIDE ENCLOSURE KIT
MODEL CE-1 $4.395 ..\,

Control your complete home hi-fi system right from
your easy chair with this handsome chairside ¢n-
closure in cither traditional or contemporary mod-
els. It is designed to house the Heathkit AM and
FM tuners (BC-1A and FM-3A) and the WA-P2
preamplifier, along with the RP-3 or majority of
record changers which will fit in the space provided.
Well ventilated space is provided in the rear of the
enclosure for any of the Heathkit amplifiers de-
signed to operate with the WA-P2. The tilt-out
shelf can be installed on either right or left side as
desired during the construction, and the lift-top
lid in front can also be reversed. All parts are pre-
cut and predrilled for casy assembly. The con-
temporary cabinet is available in either mahogany
or birch, and the traditional cabinet is available in
mahogany suitable for the finish of your choice.
All hardware supplied. Shpg. Wt. 46 1bs.

‘‘BASIC RANGE'' HI-FI SPEAKER SYSTEM KIT

The modest cost of this basic speaker sys-
tem makes it a spectacular buy for any
hi-fi enthusiast. Uses an 8° mid-range
woofer and a compression-type tweeter to
cover the frequency range of 50 to 12,600
CPS. Crossover circuit is built
in with balance control. Im-
pedance-is 16 ohms. Power rat-
ing 25 watts. Tweeter torn ro-

tates so that the speaker may
be used in either an upright or
horizontal position. Cabinet is
made of veneer-surfaced fur-
niture-grade plywood suitable
forlight or dark finish. All wood
parts are precut and predrilled
for easy assembly. Shpg. Wi.
26 1bs.

course, you will experience the pride and satisfaction of
having done i! yourself.

MODEL SS-2 $39895
Legs: No. 91-26 Shpg. Wt. 3 {b. $4.95

DIAMOND STYLUS HI-FI
PICKUP CARTRIDGE

IWODEL MF-1 $2698

Replace your present pickup with the MF-1
and enjoy the fullest fidelity your library of
LP’s has to offer. Designed to Heath specifica-
tions to offer you one of the finest cartridges
available today. Nominally flat response from
20 to 20,000 CPS. Shpg. Wt. 1 1b.

LEGATO HI-FI SPEAKER SYSTEM KIT
MODEL HH-1 $29995

The startling rcalism of sound repro-
duction by the Legato is achieved
through the use of two 15" Altec
Lansing low frequency drivers and a
specially designed exponential horn
with high frequency driver. The special
crossover network is built in. Covers
25 to 20,000 CPS within + 5 db. Power
rating 50 watts. Cabinet is constructed
of 34" veneer-surfaced plywood in
either African mahogany or white
birch suitable for the finish of your
choice. All parts are precut and pre-
drilled for easy assembly. Shpg. Wt.
195 1bs.

"“RANGE EXTENDING'' HI-FI
SPEAKER SYSTEM KIT

The 8S-1B employs a 15" woofer and super
tweeter to extend overall response of basic
$S8-2 speaker from 35 to 16,000 CPS :5 db.
Crossover circuit is built in. Impedance is 16
ohms, power rating 35 watts. Constructed of
34" veneer-surfaced plywood suitable for light
or dark finish. Shpg. Wt. 80 lbs.

COMPANY - BENTON HARBOR 25, MICH.

[] a iébsidlary of Daystrom, Inc.

O Please send the Free Heathkit catalog.

pioneer in
“'do-it-yourself"
eflectronics

MODEL SS-1B
sggss

Enclosed find$........ name
Please enclose postage
for parcel post—express
frders are shionetlil de-
ivery charges collect.,
All pricesF.0.B. Benlon  2ddress
Harbor, Mich. A 20% de-
posit is required on all
C.0.D. orders. Prices .

subject to change with.  City & state
out notice,

=
SEND FOR FREE CATALOG

Describing over 100 easy-to-build QUANTITY. LTEM yood NO. Phice
kits in hi-fi, test, marine an m
radio fields. Also contains com-
plete specifications ‘and sche-
matics.
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CLAUDIO ARRAU

tapes his own
recordinas on

That alone is not
the reason why
you should use

Here's why
you should use

It’s the best-engineered tape in the world
...gives you better highs...better lows...
better sound all around! Saves your tape
recorder, too —because the irish FERRO-
SHEEN process results in smoother tape
...tape that can’t sand down your mag-
netic headsorshed oxide powderintoyour
machine. Price? Same as ordinary tape!

Available whcrcvc.r quality tape is sold.
ORRadio Industries, Inc., Opelika, Alabama

Export: Morhan Exporting Corp.. New York. N. Y.
Canada: Atlas Radio Corp., Ltd., Toronte, Ontario

10

I'TH THE ADVENT of multi-speaker

hi-fi systems and stereophonic

sound the proper phasing of
speaker systems has become an every-
day problem for the hi-fi dealer, the
service man and the broadeaster. In or-
der to realize the full advantages of
stereophonic sound it is important that
the speakers be properly phased, and
from the broadeaster’s point of view it
is desirable to transmit both stereo-
phoniec and monophonic signals with
the proper phasing to permit in-phase
reception on a commercially built hi-fi
installation.

Proper phasing can be accomplished
hy the usual listening tests with connee-
tions being correct when the multiple
speakers present a smooth wall of sound
with no sharp transition point as the
listener walks between the speakers.
However, this method of phasing is of-
ten slow and lahorious, and in some
cases it is quite difficult when the phys-
ical location and characteristics of the
speakers do not permit easy checking.

A foolproof, quick and positive
method of phasing speakers is readily
available by the simple use of an oseil-
loscope and two inexpensive ecrystal
mikes. In operation, it is necessary only
to place the two mikes in front of the
speakers to he phased and observe their
output patterns on the oseilloseope while
the speakers are in operation on a mon-
ophonie program. With identical mikes
connected to the vertieal and horizontal
amplifier inputs of the oscilloscope, in-

* Chief Engineer, Station KIXI., 1401
8. Akard St., Dallas, Tezxas.

OSCILLOSCOPE OSCILLOSCOPE
A ®

1. (A), In-phase pattern on ‘scope,

Fig.
and (B), out-of-phase pattern.

WWW. atmerdsaasadioRhistery.com

Speaker Phasing
With an Oscilloscope

BOB E. TRIPP*

The same principle used for years by builders of two-way speaker
systems to determine the proper phase relation between the units
can also be employed to check the two channels of a stereo system.

OSCILLOSCOPE
[

o VERT,
-0 AMP, IN AMP, INO]

HOR o

SPEAKER 71 SPEAKER 72

MIKE /1 MIKE 2

Fig. 2. Method of connecting oscilloscope
and microphones to check speaker phas-
ing.
phase operation of the speakers will be
indicated when program material pro-
duces an oscilloscope patterm which is
predominantly along the line A-B as in-
dieated in Fig. 1. If the speakers are out
of phase, programn material will produce
a pattern whieh lies along the line C-D

as indicated in Fig. 2.

Referring to Fig. 3, an in-phase sig-
nal on the speakers is picked up by the
erystal mikes which in turn apply in-
phase voltages to the X and Y axis. On
the positive peak of the eycle mike #1
produces a voltage o-a’ and mike #2
produces the voltage o-a’. The resultant
of these voltages is at point A on the
diagram. On the negative peak of the
eycle, the voltage o-b is produced by
mike #1, and o-b’ is produced by mike
#2, with the resultant of these voltages
heing at point B on the oscilloscope.
Program material will fall on a line be-
tween A and B.

If the speakers are out of phase, mike
#1 will produee a voltage o—a and mike
#2 will produce a voltage o-b’ with the
resnltant C. On the opposite half of the
eycle mike #1 will produce voltage o-b
while mike #2 produeces voltage o-a’

(Continued on page 47)
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1961
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BUT

This Gray tone arm has tor

~
19,/

built in...to give you the finest,

- 212 SX

12 inch........34.00

216 SX

16 inch........ 36.00

4 Write ‘today for
' your free fact sheet

onthe Gray 212 SX

and 216 SX.

See your favorite

High Fidelity dealer

and let bim show
you why GRAY

is “hest for you.”

N
)

Manufacturers of
the world's

finest

tone arms

Gl

)

WWW americaatadiohistery com

nd reproduction from the

OUTSTANOING ENGINEERING FEATURES COMBINED TO GIVE YOU
THE FINEST SOUND WITH THE LEAST WEAR ON YOUR RECORDS

BB Grams tracking force for cartridges whose compliance meas-
ures 5 x 10+¢ cm/dyne. Tracks at minimum force required by lead-
ing cartridge manufacturers. Gram vertical deviation between
up and down motion on warped records with 1/16” roll. KRR track-
ing error in degrees per inch radius. Lowest distortion factor
attained by Gray among 10 others tested. [IUSIGLIGENEN
... Dynamic control through linear fluid damping smooths. out
resonances in the critical areas-of the audio spectrum. GRAY keeps
the needle in the groove during heavy low frequency passages. Only
F¥ grams vertical pressure needed to track a locked eccentric
groove without damage to the most compliant stylus assemblies.
Get all the extras with a Gray tone arm!

Fill out this valuable coupon today

Gray High Fidelity Division — Hartford, Conn,

Gentlemen:

Please send me, free, your [J new fact sheet on the Gray
212 SX and 216 SX, world’'s finest engineered tone arms.
[0 Complete descriptive literature on turntables, turntable
kits, tone arms, and tone arm kits.

Name
Street Address.
City, State
| presently own:

S -

High Fidelity Division

/
DEPT. H » 16 ARBOR STREET, HARTFORD 1, CONN.

ey
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1. DYNA STEREO

That high-powered kit company, Dyna
of Philadelphia, lent me a Mark III sys-
tem last year, complete with power ampli-
fier and the scparate preamplifier that
takes its power out of the main unit. This
year, in line with the ever-present stereo
development, Dyna has sent me fwo eom-
plete Mark TII outfits—and, much more
important, along with them, the Dyna DSC-
1 sterco control unit. (Also a dual power
supply unit, for the two preamps, to free
the main power amplifiers for placement
where convenient—more of that in 2
moment). And now I have had a Dynakit
stereo conversion in action to see for my-
self what happens when onc Dynakit sys-
tem turns into two, for stereo. Very in-
teresting, and it works, by golly, as far as
the sound is concerned. Sound, after all, is
the basic intention.

The way to approach this Dyna system
is (as the scholars would put it) in its
context. What is its purpose, intent; what
gave rise to its design? Where does it fit
in the picture? And the answers would
scem to me quite forthright. The Dynakit
stereo conversion js exactly that—a specifie
means of converting present monophonie
Dynakit systems to stereo by (1) dupli-
cating the components for a second chan-
nel and (2)—the big trick—adding o
joint coutrol unit, to operate hoth systems
as one in all the desirable ways.

Of course You can buy two complete
Dyna systems right from scratch if you
want, and join them with the DSC-1 stereo
control unit. But frankly, I don't think
this was the basic idea in this develop-
ment, cven though such a system would
work and work well. If vou start from the
beginning, you are likely to want not two
separate systems, joined, but a complete
integrated, designed-for-stereo outfit. It'll
be simpler, involve less duplication of
parts and funetions, and above all it will
be less complicated in the outward aspeets.

Dynakit stereo, then, is Dyna’s concrete
answer to that nightmare ery now heard ali
over the Jand—“WHAT SHALL I DO WITH MY
PRICELESS MONO HI-F1 SYSTEM?' The
fancier the old system is, the more ago-
nized the screetch! The Dyna people are in
a very neat position to answer it, for the
Dynakit system ranks high in the quality
scale but, thanks to kit-formn economy, may
be duplicated at a cost in dollars that is
at least possible, if not exactly chicken-
feed money. You CAN convert your Dynakit
to stereo, you CAN use every bit of Dyna
equipment you already have and all this
can be done without quite breaking your
local bank. Moreover, if you were able to
put together your first Dynakit, the see-
ond will go a lot faster.

In these words, I think, you'll find
enough to justify the Dyna stereo conver-
sion in the face of every conceivable eriti-
cism. It does what it aims to do.

12

UDI0 ez

Fdward Za-ltnaIICanby

The joker, if any, could he that joint
stereo eontrol unit. That's the spot where
most of vs woulld tend to look with deep,
deep suspicion. There aren't many problems
involved in setting up two separate amphi-
fier systems for stereo, each controlled on
its own, independent except for the com-
mon stereo origin of the signals. Two
Dynakit Mark 111 systems work more or
less like one, in this respeet at least, if you
don’t mind fussing with two different
control panels, keeping things balanced,
plugging and unplugging for ehanges in
funetion and so on.

Unfortunately, most people do mind, and
that ineludes me, So—Ilet's have a ganged,
joint control. But the iustant you start to
Jjoin up vour two. systems electrieally you
run_into dire problems. Yon're positively
yelling for trouble. Dyna, then, stepped
bravely into a potentinl morass when it
set out to develop its DCS-1 control to join
up two of its systems for stereo. If hairs
turned gray, then it was worth it. For,
though I wouldi’t have believed it possible,
the darned thing works. That, 1 suggest, is
the understatement of the year!

I am at this point, then, able to state a
gratifyingly positive conclusion, a semi-
miracle.. On direet AB test in my home,
two separate Dynakits ¢s. the same two
hooked into the DSC:1 stereo control, 1
found no signifieant difference in sound,
cither way. There were slight, minor dif-
ferences in the background noise at top
volume setting, to be sure; but 1 could not
possibly express a preference for one over
the other. As far as I am coueerned, then,
the stereo sound ont of this joint control
unit is just as good as that from two
separate Dyna systems, controlled iudi-
vidually from two preamps. And this, in
spite of an outward wiring complexity that
would suggest the system couldn’t possibly
work without some sort of hum or gome-
thing. No such thing.

The only complications you'll run into at
all, aside from the normal ones of Kkit-
building, are those of the outward hooking-
up and controls. These, however, are so
utterly typieal of stereo today that T can’t
help going into them at some length, even
though 1 am aware that they are super-
ficial, not fundamental, problems and
should cause minimum worry to the man
who can put together his own amplifier kit.

Macaroni

First, you finish your Dynakits for
stereo, all six mits. Two power amps, two
preamps, the small PS-1 dual power sup-
ply unit (for convenient feeding of the
two preamps) and the DSC-1 stereo con-
trol box. Everything is in order, we'll
assume, and you are ready to go. All you
have to do is hook up the system. That's
where I came in, for as always, I was a
sissy and got mine ready-assembled, fac-
tory-built,

WWW. atnerdsaasadioRhistery.com

Well, 1 hooked it up. But not before 1
had got my wires so tangled up, halfway
through, that T had to unplug everything
and put labels on the ends of the eables so
1 could figure out which was which 'mid
the developing maze of wire macaroni*
that quickly grows out hehind your units
a8 yon prepare them for operation! You'd
have to see it to believe it.

Now what I am unfolding here is not a
criticism but an observation. Remember
that every system of this sort is set up
according to a purpose, an aim, a design
objective; though other purposes may be
encompassed too, they are side-lines. The
purpose here, in Dyna stereo, is as alrcady
stated and—given these units, including
the two separate preamplifiers—I can’t
really see how the wire macaroni eould
have been avoided, granted the standard
stereo functions were to be well served.
Complications lead to complications, the
more switches and wires and inputs and
outputs you have, the more difficult is it to
make a neat, simple affair out of the wires
and plugs that go with the system. Given
the basic premise, the Dyna conversion
just had to be complex in its external fa-
cilities and wiring. Let’s look at it.

My earliest hi-fi home amplifiers, a
dozen years ago, generally had one input
on the rear, and one output, to speaker.
There were soon two inputs—PHONO and
RADIO—and then three, when the magnetie
cartridge and the preamplifier eame along.
The eomplexities were setting in, and they
inereased when we got to HI MAG and LO
MAG, then TAPE, TAPE HEAD, and so on.

Now I've just taken a look at the rear
of my Dyna stereo system. I counted up
the RCA-type phono jacks to be seen, and
to be plugged into: they add up to no less
than twenly-six—for the one basic system!
And all but two are on the rears of the
two matehed preamps and the joint eontrol
nnit, mounted in serried ranks, like cav-
alry, four to a rank. Looks like a telephone
exehange, to mix my metaphors.

To hook up your stereo for dise only,
vou must make use of ten RCA-type plugs,
cight of them on the ends of four short
cables (provided) from the preamps to
the stereo control unit and back; the other
two are the usual pair from the stereo
phono cartridge. For FM-AM radio you'll
need four more plugs, on two cables from
tuner to system. That's fourteen.

1 went no further than this, thongh
there are numerous other things you may
do, of course. You can play stereo tape, or
mono tape (through both ehannels), record
on tape and all the rest—everything is
possible; but the resulting cable macaroni
is inescapable.

(The only way to get rid of it, you see,
is to build a single stereo chassis with all
the wiring inside and immovable. That is
another kind of system, altogether.)

If your plugging job has been done right,
everytiaing works fine. But if you've pulled
a boo-boo, made a fauz-pas, plugged
something where it doesn’t Delong, your
macaroni is in the soup. Even the simple
act of removing two phono cables, to plug
in another pair, is apt to get you tangled
in wire—and the odds are that you'll pull
the wrong plug. Then when you try to find
which one you did pull . . . your soup is in

(Continued on page 738)

* Mr. Canby ealled it “spaghetti,” whieh
already has another connotation in eiec-
tronic circles. We changed it to ‘‘maca-
roni.”” Ep, OK! It’s that enough. ETC.
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STEREO the
AND experts

MONAURAL
say...

in HI-Fl
the best buys are

World-famous
EICO advantages
guarantee your complete satisfaction:

Advanced engineering e Finest quality components

‘Beginner-Tested,”” easy step-by-step instructions

LIFETIME service & calibration guarantee

IN STOCK — Compare, then take home any EICO
equipment—right “‘off the shelf”"—from 1900 neighbor-
hood EICO dealers.

FM Tuner HFT90
AM Tuner HFT94

Bookshelf
Monaural Integrated Amolifiers: Speshecioystem
. 30, 20, and 12-Watt
{use 2 for Stereo)
=
3 i Omni-directional
Monaural Preamplifiers: Speaker System HFS2
HF65, HFG5A 36" H x 15%a” W x 11" D

{stack 2 for Stereo)

Monaural Power Amplifiers:
60, 50, 35. 30, 22 and 14-walt
{use 2 for Stereo)
Stereo Power Amplifier HF86

NEW STEREOPHONIC EQUIPMENT

MFB5: Stereo Dual Preamplifier is a complete sterea con-
trol system in “‘low silhouette’” design adaptable to any
type ot installation. Selects, preamplifies, controls any
stereo source—lape, discs, broadcasts. Superb variable
crossover, feedback tome controls driven by feedback
amplitier pairs in each channel. Distortion borders on
unmeasurable even at high output levels. Separate lo-
level input in each channel for mag. phono. tape head.
mike. Separate hi-level inputs for AM & FM tuners & FM
Multiplex. One each auxiliary A & B input in each channel
Independent level, bass & treble controls in each channel
may be operated together with built-in clutch. Switched.
n foudness compensator. Function Selector permits hear-
ng each stereo channel individually. and reversing them
also use of unit for stereo or monophonic play. Full-wave
rectitier tube power supply. 5-12AX7/ECCB83, 1-6X4. Works
with any high-quality stereo power amplifier such as
EICO HFB6. or any 2 high-quality mono power amplifiers
such as EICO HF13, HF22, HF30, HF35, HFSO, HF60
“Extreme flexibllity a bargain’ HI-FI REVIEW
KIt $39.95. Wired $64.95. Includes cover

HF86: Steree Dual Power Amplifier for use with HF85
above or any good self-powered stereo preamp. |dentical
williamson-type pushpull EL84 power amplifiers, con-
servalively rated at 14W, may be operated in parallel to
deliver 28W for non-sterec use. Either inpul can be made
common for both amplifiers by Service Selector switch
voltage amplifier & split-load phase inverter Circuitry
feature F1CO-developed 120W7 audio tube for signlticantly
better performance. Kit $43.95. wired $74.95.

HF81: Stereo Dual Amplifier-Preamplifier selects. ampli-
fies & controls any stereo source — tape, discs, broad

casts—& feeds it thru self-contalned dual 14W amplitiers
to a pair of speakers. Monophonically: 28 watts tor your
speakers; complete stereo preamp. Ganged level controls,
separate focus (balance) control, independent full-range
bass & treble controls for each channel. Identical william-
son-1ype, push-pull EL84 power amplifiers, excellent out-
put transformers. "'Service Selector’ switch permits one
preamp-control section to drive the internal power ampli-
tiers while other preamp-control section is left free to
drive vour existing external amplifier. “Excellent” -

SATURDAY REVIEW; HI-FI MUSIC AT HOME. '‘Outstand-
ing guality . . . extremely versatile’ — RADIO & TV NEWS
LAB-TESTED. Kit $69.95. wired $109.95. Includes cover

MONO PREAMPLIFIERS (stack 2 for Stereo) HF-65: superd
new design, Inputs for tape head. microphone, mag
phono cartnidge & hi-level sources. IM distortion 0.04%
@ 2V out. Attractive “low silhouette’’ design HF&5A
Kit $29.95. wired $44.95. HF65 (with power supply) Kit
$33.95. Wired $49.95.

MONO POWER AMPLIFIERS

(use 2 for STEREOQ)

HFBO (60W). HF50 (SOW), HF35 (35W) HFI0 (JOW). HF22
22W). HF14 (14W): from Kit $23.50. Wired $41.50.

MONO INTEGRATED AMPLIFIERS

(use 2 for STEREO)

HF52 (S0W), HFJ2 (30W). HF20 (20W), HF12 (12w): from

Kit $34.95. Wired $57.95.

SPEAKER SYSTEMS (use 2 for STEREQ)

HFS2: Natural bass 30-200 cps via slot-loaded 12-ft. split

onical bass horn. Middies & lower highs: front radiation

from B1%" edge-damped cone. Distortionless spike-shaped

super-tweeter radiates omni-directionallv. Flat 45-20.000

cps. useful 30-40.000 cps. 16 ohms. HWD 36" 15%”

11%2". “Eminently musical’’—Holt, HIGH FIDELITY. *'Fine

for stereo''~-MODERN HI-FI. Completely factory-built
Mahogany or Walnut. $139.95; Blonde, $144.95.

HFS1: Bookshelf Speaker System, complete with factory-
built cabinet. jensen B” woofer. matching Jensen com
pression-driver exponential horn tweeter. Smooth clean
bass: crisp extended highs. 70-12,000 cps range
Capacity 25 w_B ohms. HWD: 117 x 23" x 97 Wiring
time 15 min. Price $39.95.

FM TUNER HFTS0: For the first time. makes praclical
even for the novice the building of an FM tuner hit equal
toreally good factory-wired units. No instruments
needed. Pre-wired, pre-aligned temperature-compensated
*front end" is drift free--eliminates need for AFC. Pre-
cision ""eye-tronic’’ DM-70 traveling tuning indicator, sup-
plied pre-wired, contracts at exact center of each FM
channel. Pre-aligned IF coils. Sensitivity 6X that of other
kit tuners: 1.5 uv for 20 db quieting. 2.5 uv for 30 db
quieting. full limiting from 25 uv. IF bandwidtt 260 kc
at 6 db points. Frequency response uniform 20-20,000
cps =1 db. Has 2 oulput jacks: cathode follower output
to amplifier, plus Multiplex output for FM Multiplex
Sterec adapter; thus prevents obsolescence. Fiywheel
tuning, AGC, stabilized low limiting threshold for excel-
lent performance from weaker signals. broadband ratio
detector for improved capture ratio & easier tuning, full
wave rectifier & heavy filtering. very low distortion.
“‘One of the best buys you can get in high fidelity kits'*

AUDIOCRAFT. Kit $39.95°. wired $65.95°. Cover $3.95.
“Less Cover, F.E.T. incl.

NEW AM TUNER HFT94: Matches HFT90. Selects “hi-fi
wide (20¢ 9kc @ —3J db) or weak-station narrow
20c — Ske @ —3 db) bandpass. Tuned RF stage for high
selectivity & sensitivity; precision *‘eye-tronic’’ tuning.
Built-in ferrite loop, prealigned RF & IF coils. Sensitivity
3 uv @ 30% mod. for 1.0 V out. 20 db S/N. Very low
noise & distortion. High-Q 10 kc whistie filter
Kit $39.95. wired $69.95, incl. Cover & F.ET

EICO, 33.00 Northern Bivd., L.1.C. 1, N.Y, A.5

SHOW ME HOW TO SAVE 50% on 65
models of top-quality:
Hi-Fi Test Instruments ([J *‘Ham' Gear

Send FREE catalog & name of neighbor-
hood EICO dealer.

HAME

|
ADDRESS I
4

Over 1 MILLION EICO instruments in use throughout the worid. L oty 20NE sTa

In New York hear “The EICO Stereo Hour,” WBAI-FM, 99.5 mc, Mondays,
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Thursdays and Saturdays, 7:00 P.M.

>

1. N

L.c

33.00 N. Bivd.,

Inc

Copyright 1958 by Electronic Instr. Co

Add 5% in the West.
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EDITOR'S REVIEW

THIRTEENTH YEAR

ITH THIS 1SSUE, AUDIO becomes a teenager, since
Wit enters its thirteenth year of publication.

Starting twelve years ago without any organ-
ized industry to represent—and, in fact, with prac-
tically no industry at all, organized or not—this
magazine started life with no professional publishing
experience behind it. It did have, however, a whole-
hearted interest in what then was just a hobby for a
small group of experimenters who were not satisfied
with the sound reproducing equipment which was
available to them on the econsumer market. In 1947,
you either bought a Brook amplifier or you serounged
around and found some way to get your hands on
some broadeast or motion-picture theatre or studio
equipment,

But in addition to that whole-hearted interest in
sound reproduction of quality, there was one other
precept in Aunio’s favor—the magazine was to be run
for the reader, and the material chosen for its pages
was selected with considerable thought to make sure
that the reader would never be given a ‘‘bumn steer”’
about equipment of all types—amplifier ecirecuits,
speaker cabinetry, and general audio information.
The Musician’s Amplifier, a modification of the Brit-
ish-designed Williamson was one of the first to be
copied in both kit and completed form by manufac-
turers. The loudness control—which, in our opinion,
did more to take high fidelity out of the hobbyist’s
‘‘shack’’ than any other single advance—first saw
light in May, 1948, in these pages. Remember how the
early high fidelity ‘‘bug’’ was always criticized for
playing his system too loud? The rear-loaded corner
‘““horn’’ was first described here—in January and
February, 1949—and that design, too, became a
standard.

Little by little the industry began to assemble itself.
The experimenter with an exceptionally good idea
often became a manufacturer, and there are many
examples among today’s successful companies that
started with one man’s tinkering and diligent striving
for still better sound.

We here at Aupio feel that considerable of the
credit for the entire high fidelity industry falls on
us. We have been extremely fortunate in having loyal
and competent contributors whose articles have actu-
ally contributed far more to the industry than they
have received in return, and it is that kind of loyalty
whieh has made Aupio the authority on the techniecal
aspects of high fidelity.

There is another kind of loyalty that is most heart-
warming to those of us who attend the hi-fi shows—

14

the subseriber and constant reader who comes up to
one or the other of us and tells us proudly that he has
every copy from the first issue, or perhaps fromn the
second, whereupon he bemoans the fact that he
doesn’t have one of the first. We are more than grate-
ful for this loyalty, from reader and contributor alike,
for we eould not exist without both.

Continuing in our aim to be of definite help to
everyone who wants better sound and more effective
operation of his equipment, we are inaugurating a tape
section this month. Under the heading of ‘‘The Tape
Guide,”’ we will present reliable information to guide
you in the purchase and use of tape machines, the
techniques of editing, suggested ideas for recording
microphone placement, maintenance procedures, and
countless tips and aids to the art of tape recording.
While we have lined up a considerable array of mate-
rial about tape, we know that many readers have inde-
pendently developed ideas and techniques that would
be of interest to others, so we extend a special invita-
tion to those intrepid tape experimenters who “‘think
for themselves.”’

All contributions will be gratefully received, and
all will be paid for. This applies also to photographs
of attractive home installations which you believe
others would like to see. Not everyone may want to
duplicate your home installation, but perhaps yon
have some particularly attractive solution to a given
problem in decoration or ecomponent placement and
others may glean considerable help from your work.

Hope this doesn’t sound as though we are being
boastful, but we are—just a little.

AND NOW, THREE-CHANNEL STEREO

Or at least that’s what one company has announced
in the headlines. But in the fine print it says that
there are three speakers—the woofer (probably an
enormous 6 x 9-inch unit) in the center handles the
combined low frequencies of both channels, while two
separate tweeters handle the highs, one for each chan-
nel.

This is a great idea, of course, but it is not new. It
works, and it is a good solution, especially where it
is difficult to find space for two separate full-range
systems. ITowever, we find fault with calling the sys-
tem ‘‘three-channel,”’ and we believe that the manu-
facturer should reconsider the idea. Three chanmnel
means just that—three separate channels from miero-
phone all the way to loudspeaker. It seems that the
FTC might take cognizance of this kind of misleading
nomenclature.

AUDIO e MAY, 1959
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The responsibility of being the finest...

FLUXVALVE AND T-GUARD ARE TRADEMARKS USED TO DENOTE THE QUALITY OF PICKERING & COMPANY INVENTIONS. 271 A

Truly the finest stereo pickup ever made...
the STANTON Stereo FLUXVALVE is
hermetically sealed in lifetime polystyrene with
all of the precision that has made Pickering
a quality leader in the field of high fidelity
for more than a dozen years.

For instance...only the
STANTON Stereo FLUXVALVE has the
“T-GUARD" stylus assembly—so safe and easy
to handle...so obedient and responsive
to every musical nuance in the stereo groove.

Only the STANTON Stereo FLUXVALVE has
the parallel reproducing element contained in the
“T-GUARD'...assuring the proper angle of
correspondence between recording and playback
styli for maximum Vertical Tracking Accuracy.

*Excluding wear and tear of the dismond stylus tIp and parts
of the related moving system in the “T-GUARD' assembly.

AUDIO e MAY, 1959

And...because of this the STANTON
Stereo FLUXVALVE reproduces music
with magnificent sound quality...from both
stereophonic and monophonic records...with
negligible wear on record and stylus.

In plain truth...the STANTON
Stereo FLUXVALVE is by far the finest stereo
pickup made...backed by a Lifetime Warranty*,
assuring you a lifetime of uninterrupted, _
trouble-free performance—with a quality of
reproduction no other pickup can equal.

We suggest you visit your Pickering Dealer soon
«~—drop in and ask for a personal demonstration.

NEWLY REVISED—*IT TAKES TWO0 T0 STEREO"—ADDRESS DEPT. B-59 FOR YOUR FREE COPY.

g5

@C b Ao those who conllkear) 1he orence” e oussre wem morary reosusrs v
S PICKERING & COMPANY, INC., Plainview. N.Y,
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WE’'RE
WHY TWO

LEARNING
EARS

ARE BETTER THAN

Which speaker is making the sound? In echoless chamber at Bell Labs, Robert Hanson measures test subject's ability to localize

sounds

In listening to stereophonic inusie, how is it that
our ears and brain construet a picture of the
entire orchestra with but two samples (the sounds
from two speakers) to work with?

How is it that our ears and brain are able to
pinpoint one voice in a roomful of talkers—to
listen to it alone and ignore the rest?

What makes o ears better than one?

Bell Telephone [Laboratories scientists are
searching for the answers. For in finding them,
better telephone instruments and better ways of
transmitting sound will surely result.

Our hearing performs feats that no electronic
system can yet duplicate. How? Laboratories
scientists Lelieve the secret lies in the wav our
two ears function in partnership and in the way

observes how two ears operate in partnership. This and other tests may point the way to better telephone instruments.

our neural network connects them with our hrain.
The problem: to discover what functions the net-
work performs and to see whether electronic

duplication might enhance understanding.

Electronie cireuits
that simulate the operation of nerve cells have
already been created—and conceptual models
of the neural network are being constructed.

The work is under way.

Alexander Graham Bell’s interest in deafness
and hearving led to the invention of the telephone.
Bell Laboratories’ current explorations in bi-
naural sound may well lead to important new
advances in the transmission of speech and music.

& BELL TELEPHONE LABORATORIES

World center of communications research and development

WWW. asnerieaniadiahisiary.com
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A Compatible Stereophonic
Sound System

If stereo broadcasting is to become acceptable, either transmission channel must be
capable of presenting a complete signal to the listener not equipped for stereo presen-
tation, This system is completely compatible for use with any two-channel transmission.

HE “NEw soUND” of high fidelity

stereophonie sound is far from new.

At least as early as 1881 a demon-
stration of an electrieal transmission of
binaural sound, a close consin of stereo-
phonic sound, was made at the Paris
Opera. That demonstration used two
widely spaced mierophones connected to
a binaural headset. In 1925, the New
Haven radio station, WDPAJ, made
hinaural broadcasts by employing two
separate AM transmitters on different
wavelengths. Two standard studio mi-
crophones placed 7 inches apart origi-
nated the binaural signals.

In 1933, the Bell Telephone Lahora-
tories culminated a series of auditory
perspeetive tests in a  three-channel
system demonstration. Under the aus-
pices of the National Aeademy of Sei-
enees, a coneert of the Philadelphia
Orchestra  was transmitted from the
Aeademy of Musie in Philadelphia to
Constitution Hall in Washington. The
orchestra was condueted by Associate
Conductor Smallens while Dr. Stokow-
ski, the Director, manipulated electrieal
controls from a box in the rear of Con-
stitution Hall.

Three microphones were placed hefore
the orchestra, one on cach side and one
in the eenter at about 20 feet in front
of and 10 feet above the first row of
instruments of the orchestra. The micro-
phone outputs were transmitted to Con-
stitution Hall in Washington by three
separate electrical ecircuits speciaily
tailored for the oceasion. At Constitu-
tion Hall these transmission lines were
connected to power amplifiers. The
associated loudspeakers were placed on
stage in positions corresponding to the
microphones in the Academy of Music
in Philadelphia. The comments of those
who heard this reproduced eoncert pro-
claimed the development of a system
with possibilities for even greater emo-
tional appeal than that ohtained when
listening to the orchestra “live.” Much
of this reaction was undonbtedly due to
the enhanced volume range.

In 1936, the Bell Telephone Lahora-
tories produced dise recordings of two-
channel stereo. In 1939, Philips of The
Netherlands experimented with stereo-
phonic sound reproduction in large

® Member of the technical staff, Bell
Telephone Laboratories.
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FLOYD K. BECKER*

auditorinms. In 1941, the Bell Telephone
Lahoratories demonstrated sound mo-
tion picture recording using three-
channel stereo.

This ehronology of early sterephonie
sound is by no means complete. It only
attempts to place a few of the salient
efforts at stereophonic sound transmis-
ston and/or reproduction.

Radio hroadeasting of stereophonic
sound programs hy two separate chan-
nels hecame popular in 1952-4. In
various experimental arrangements, the
two channels required have heen selected
from different combinations of AM, FM,
and TV, the listener spacing appropri-
ate receivers properly in his home. Re-
sults have been sufficiently favorable
that more bhroadeasters are considering
offering stereophoniec sound programs.
Many such programs have heen origi-
nated on the national networks.

The major obstacle to vastly inereased
use of this type of stereophonic broad-
casting, however, is the person who
listens with only one receiver. If the
broadeaster tries for the full stereo-
phonic effect, the sound the single
channel listener hears comes from only
one of two widely spaced mierophone
pickups, and he misses a portion of the
program. The effect in many ecases is
similar to listening to one-half of an
orchestra or to one side of a two-way
conversation. What the single channel
listener does reeeive is poorly balaneed,
heeause of the mierophone placement in
relation to the sound sources. The
broadeaster, in order to proteet invest-
ment and sponsor revenne, has had to
dilute the stereophonie effeet in order to
preserve satisfactory reception for the
single channel listeners.

Most of the effort to produce a eom-
patible stereophonie sound system has
been directed at single channel systems.
These systems generally comprise a
frequency or time multiplexing of the
stereophonic channels on a single car-
rier. Most of these systems ave, indeed,
compatible with present day single-
channel receivers but require additional
equipment—other than AM and FM ve-
ceivers—to produce stereophonic sound.

Compatibility Desirable

One solution to the two-channel prob-
lem is gained through the use of a com-
patihility ecircuit developed at the Bell

WWW. asknerieaniadiahigstory. com

Telephone Lahoratories. This ecireuit,
equally adaptable for a two- or three-
channel system, depends for suecess
upon a psyehoacoustic phenomenon
known as the Precedence Effect. Before
discussing this effect, it would be well
to review the principles of sound locali-
zation. The localization of a sound
source with respect to the ohserver re-
quires three coordinates: the radial
distance, the altitude angle, and the
azimuth angle. Man’s auditory pereep-
tion of distance seems to be primarily
governed by the loudness and ratio of
direct to reverberant sound. There is
little or no altitude perception. Azimuth
loealization is extremely good, and ac-
curacies of ahout 2 deg. are average. The
mechanisms for azimuth detection are
(1) phase differences hetween sound
waves at the two ears; (2) differences
in the time of arrival of transient
sounds; (3) differences in intensity at
the two ears due to shadowing by the
head, which also has a frequeney de-
pendence and will result in an interaural
quality difference. Azimuth localization
of pure tones is possible only in areas
approximating free-space. In reverher-
ant rooms, even those with optimum
reverbheration time for musie reprodue-
tion, the standing wave patterns destroy
the sense of direetivity. Hence the ar-
rival time and intensity differences of
transients assume the predominant roles
in determining azimuth in ordinary
listening environments,

Loudness Differences

1t is possible to trade loudness dif-
ferences for arrival time differences. An
ohserver seated hefore two in-phase
loudspeakers which are separated by
several feet will gain the impression of
a single, eentrally located source if the
two loudspeakers have the same loud-
ness. If the loudness of one speaker in-
creases while the other correspondingly
deerenses, the apparent source will
shift toward the more intense loud-
speaker. The amount of the apparent
shift depends upon the sound intensities
at the ears. If the sound levels are the
same in hoth speakers, but a time delay
is introduced in one source, the appar-
ent source will shift toward the unde-
layed speaker. Time delays as short as
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250 mieroseconds produce considerable
shifts in the apparent source. These
time delays are of the same magnitude
as the time differences of transient
arrivals at the two ears for a sound
source to the ohserver’s side. When the
time delay in the one speaker system is
inereased to 2 or 3 milliseconds the de-
layed source must be intensified until it
is ten times more powerful than the
undelayed souree hefore the ohserver
will detect it to be of the same loudness!
This condition holds while the delay is
inereased to about 35 milliseconds. In
the neighhorhood of 35 milliseeonds time
delay, the observer hegins to detect a
distinet echo. It is the reaction of the
azimuth localization mechanism in the
region of 1 to 30 milliseconds that is
called the Precedence Effect. In this
region, the loealization of a sound source
is determined by the direetion of the
first arriving sound. The later arriving
echoes are virtually disregarded. This
may at first seem an amazing phenome-
non but a closer examination diseloses
that it is at least an every day experi-
ence. In the average indoor environment,
the bulk of the sound power reaching a
listener arrives by way of reflections or
echoes. Yet, in this same environment
the listener has no difficulty loealizing
the sound souree.

Now to turn to Figs. 1 and 2 and an
explanation of this form of a compati-
ble stereophonie sound system. Referring
first to Fig. 1, the circuits between the
microphone pickups and their corres-
ponding radio or TV transmitters are

Fig. 1.

system for two chonnels. Fig. 2 (right) The some
system may be expanded to permit transmission

of three compatible channels.

cross connected through two delay lines,
each with its own buffer amplifier.
Because of these cross connections,
music or voice signals from the left
microphone are transmitted direetly to
the left loudspeaker in the listener’s
home, while the same signal is slightly
delayed before reaching the speaker to
his right. The stereo listener will hear
the sound as if it came only from the
left loudspeaker because of the Prece-
dence Effect. Conversely, the sound
from the right mierophone goes direet
to the right speaker, but is delayed
before reaching the left speaker, and is
therefore unheard in the left speaker.
Thus, the stereo listener loealizes the
sound he hears as coming direct from
each of his two speakers, and full
stereophonice effeet is maintained.

However, monophonic reception is
completely eompatible with this, since a
listener to each single ehannel hears the
total sound from hoth microphones in a
balaneed reproduetion. The slight delay
of one signal does not affect his recep-
tion at all.

The three-chamnel system of Fig. 2
operates in a similar manner. The direct
signal travelling only in the primary
channels while a time delayed replica
of the direet signal is added to the
alternate channels in order to achieve
compatibility.

Observations

Results of two-channel subjective lis-
tening tests with musical material indi-
eate a preferred time delay of about 10

(below) Block schemotic of Precedence

milliseconds with the intensity of the
delayed signal equal to the direct signal.
A different set of parameters appear
optimum for speech; e.g., 5 milliseconds
delay and the intensity of the delayed
signal 3 db less than the direet signal. A
tested compromise of 10 milliseconds
time delay and 3 db attenuation yields
very good over-all results. The 8- tfo
10-db channel separation due to Prece-
denee Effect added to the 3-db intensity
difference gives results comparable to a
system with 12-db channel separation.

It might he of interest here to mention
some desirable side effects of these
circuits. The literature is full of ref-
erences to the “hole in the middle” and
to the subjective reaction to the repro-
duetion of the music of a full orchestra
from a hox oceupying some 2 or 3 cubic
feet. The employment of the Precedence
Effect for channel separation causes the
area of the apparent sound sources to
seem quite large. The sound no longer
emanates from the small speaker eabi-
nets but appears to he produced hy large
area sound sources. The apparent area
of these sources greatly diminishes the
“hole in the middle” effeet and is more
suggestive of the appropriate size of
loudspeakers required to reproduce
orchestral musie.

This development should make it
possible for many more broadeasters to
offer double or triple channel stereo
programming without diluting the stereo
effect or penalizing the single channel
listener, who will make up the majority
of their andienee.
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Moving-Magnetic Stereo

—The new horizon of stereo disc reproduction

A discussion of the design features of the newest stereo pickup to reach the
market with an analysis of some of the parameters which affect performance.

ROM THE SLOW first steps towards

new goals, our scientific and engi-

neering progress ereates and aeceel-
erates further progress. With stereo dise
reproduetion, as in all new moves for-
ward, there have been inadequacies
ranging from ecrude initial disc-cutting
equipment to doctored and modified
monophonie phono pickups attempting
to make use of the new sterco media,
The design problems of recording eut-
ters and playback pickups have been
the major technical hottleneck to publie
acceptance and appreeiation of the new
stereo technique.

New and improved stereo cutters have
emerged during the past year, and new
design approaches and prineiples have
been applied to produce high-quality
stereophonic phonograph pickups to
equal and surpass the standards of

* Director of Commercial Products,
Audio-Empire Division, Dyna-Empire, Inc.,
1075 Stewart Ave., Garden City, N. Y.

CARTRIDGE TO? COVERL

MAGNETIC smtu:X g
QUADRATLRE
LOCATING PLATE. o
ELASTOMER:

Fig. 1. Exploded view of the pickup. -
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HERBERT HOROWITZ*

excellence achieved during the mono-
phonic era,

Initial attempts at stereo pickups
followed the basic established patterns
of ceramie, variable-reluctance, and
moving-eoil techunieal design.

All of these attempts bottlenecked in
the miasma of high cost, high moving
mass, difficult construction, high distor-
tion, and so on.

Any new principle of technology must
move by neeessity to newer principles of
technique. Designers of stereo pickups
who were able to visualize the ecomplex
problems hegan to approach the solution
from a new direction, This approach has
now heen formulated to the major
breakthrongh needed to give the final
impetus to the bandwagon of stereo dise
reproduction.

Moving-Magnet System

This new concept is the “Moving-
Magnet System.” Phonograph pickup
designers worked along this approach
at the tail end of the monophonic era.
Although the hasie principles date hack
quite a while, it has only been the major
technological advances in magnetie ma-
terials of the last few years that allowed
the system to he feasible. Widespread
fame cluded the moving-magnet mono-
phonie pickup sinee it had to. contend
with the giants of variable reluctanee
and moving coil. Every new eoncept
must have a raison detre. For the
moving magnet it is Sterco.

The moving-magnet systemn is the re-
verse application of the moving-coil
system. The generating magnetic ele-
ment produees a variable flux which
induees clectrical energy into stationary
coils (£ do/dt). The parameter of low
distortion is basic in the moving-coil
system and is therefore true of its con-
verse, the moving magnet.

The operation of this system can best
be illustrated with Fig. 2. At (A) is
shown the basic magnet structure, a rod
magnet of rectangular cross section
magnetized lengthwise and inserted into

WWW amerieantadiahistory com

the coil structure shown at (B) and
pivoted at its center. Coils A and B in
hum-bucking series opposition form one
coil structure which develops voltage
from inner groove wall modulation
while huin-hucked coils C and D develop
the outer groove wall signal. Foree ¥,
as shown in (C) rotates the poles of the
magnet toward and away from the pole
faces of coils A and B ereuting a vari-
able flux in the coil structure. However,
force F, has not eaused any air gap
variation relative to poles C and D sinee
the magnet is moving parallel to those

UNIVERSAL CENTER PIVOT

MAGNET

QUADRATURE
DIAMOND POLE PIECES

Fig. 2. (A) Diagram of stylus assembly

and quadrature pole structure. (B) Re-

lation of coils to moving magnet. (C)

Effect of forces from two groove sides
upon stylus and magnet.
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CONSTANT VELOCITY SOURCE
(8)  MECHANICAL EQUIVALENT

(C} ELECTRICAL EQUIVALENT

CONSTANT
CURRENT
SOURCE

- T

Fig. 3. (A) Typical pickup-arm system,
(B) its mechanical equivalent, and (C) its
electrical equivalent.

pole faces, and therefore there is no
voltage generated in the C and D combi-
ration. Conversely force F, ecauses a
flux variation in the C and D strueture
while isolating A and B.

It is not possible to locate coils A and
D beneath the magnet physically because
of the practieality of stylus lever length.

The Audio-Empire moving magnet
pickup contains four vertieal poles
which mount coils as seen in Fig. 1.
These vertieal poles are mated with a
quadrature pole structure, (A) in Fig.
2, designed to develop independent out-
puts from F, and F, modes of motion.

The quadrature pole structure is
moulded into an independent structure;
the magnet-and-stylus-lever assembly is
inserted and mounted to its pivot. This
allows simple stylus replacement by the
complete removal of the moving-magnet
mechanism.

Why the Superiority of the
Moving-Magnet System?

The technically minded audiofan has
become familiar with the terms dynamic
mass, compliance, frequency response,
and resonance. These key parameters of
phonograph pickup design are depend-
ent upon one another for the over-all
performance of the stereo pickup with
its need for channel isolation.

Mechanical elements in motion have
inertial effects which cause them to have
inherent mechanical resonance at a fre-
quency dependent upon the dynamie
masses and compliances of the system.
Figure 3 shows the physical, mechanieal,
and electrical equivalent configurations
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of a typieal arm and eartridge. The arm
contains mass M, and compliance C,;
the stylus mass is M, and stylus eompli-
ance C,, while C4 is designated as the
compliance of the dise under the pro-
seribed stylus foree.

Since €, is much greater than €, and
M, greater than M, we find that at very
low audio frequencies the stylus mass
M, has virtually zero impedance and
the record dise has a very small compli-
ance. This leaves the mass of the arm
M, and the compliance of the stylus C,
as the determining factors of low-fre-
quency resonance.

f, (low) = —

2m\/M,C,

At the upper end of the frequency
spectrum, the mass of the arm M, at-
tains too high an impedance to be moved
hy the system while the high ecompliance
of the pickup C, has virtually zero im-
pedance. We can say, therefore, that for
high frequencies

1
f (hlgh) S R ———
i 20/ M,C,
which indicates that the high-frequency
resonance of the system is determined

DIRECTION

OF
ROTATION

ot

A
PIVOT AXIS

0
|

Fig. 4. Diagram of stylus bar to deter-
mine moment of inertia.

by the dynamie mass of the pickup and

the compliance of the record dise.

Parameters of System Dynamic Mass

Any basie element turning about a
pivot has inherent inertia which is re-
flected to the stylus tip. Let us examine

a typical system, (A) in Fig. 4, where
a mass is foreed to pivot about axis AA.
The inertia of the moving element ahout
axis AA is given by:

J= W (#* + h?)
12
where
W =nr?hD

and D = density(7.68 gms/cm?® for steel).

Therefore
P nrth D (32 + B2)

12
for a typical case where r=1/2,
s
7= ) 115ns

192
The radius of gyration of the above
mass is given by the equation:

P 2
Radius of gyration KA“:\/JT!I_;}"

and when r=h/2, K,,=\/0.146h*

The effective mass of the system reflected
to the stylus tip being

Ki4\*
X
When X equal the pivot-to-stylus dis-
tance

or 0.115Dh* (

Effective Mass at stylus:J‘“(

0.146h* 0168Dh*
X ) Tx

The signifieance of these ealeulations
lies in the faetor i7. This indieates that
in the determination of the effective mass
of the system reflected to the stylus, the
b factor is overwhelmingly the major
element.

Variable-reluctance systems whose
mass is uniformly distribnted over a
long lever are unable to achieve low mass
hecause of large h factor. It is obviously
necessary to keep the mass of the system
concentrated as close to the pivot center
as possible. Figure 5 numerieally and
more pointedly demonstrates the rela-
tionship of dimension to dynamie mass
reflected to the stylus tip. The three mov-
ing-element systems shown have cross

MASS OF MOVING

RADIUS OF MASS REFLECTED
ELEMENT, M, GYRATION | TO THE STYLUS
PHONO PICKUP e
MECHANISM b
at rodivs of gyrotion 32+ K, 2
My= ivzh x Density| Kaa™ 'u le(i)
Density = 7.68 gms/cm3 X
020n.|0s0in 77000 gms | 106007 em| 210072 gm

020 in. |.050

23(10)~3 gms 18001 em{ 19003 gma

.020in.[.050 in.

38(10)"2 gms 23007 em| 50073 gy

Fig. 5. Table of parameters pertaining to stylus assemblies of different designs.
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PICKUP COMPLIANCE — 6 x{10)~0 CM/DYNE -

IONS

_PICKUIP DYNAMIC MASS — 1 x 1013 GRAMS !

FREQUENCY IN CYCLES PER SECOND

Fig. 6. Response of professional type monophonic pickup, corrected for equipment
response and record deviation.

sections which are identical yet they
differ in the k dimension. Figure 5 shows
the relative differences these systems
exhihit in the parameters of weight,
radius of gyration, and mass reflected
to the stylus tip.

All phonograph reproducing systems
exhibit mechanieal resonance at hoth up-
per and lower end of the spectrum. A
frequency response pattern of a high-
quality monophonice system is shown in
Fig. 5. Low-frequency resonance oceurs
at 12 cps while upper resonance occurs
at 18,000 eps. The resonant frequency of
the undamped system effectively extends
over the full audible range from 16 eps
to 15,000 eps within + 3-db limits of am-
plitude.

Introduction of damping to the car-
tridge system deflates the high-frequency
resonant peak. Damping—which is am-
plitude sensitive in character but not
velocity sensitive—is a distortion-gener-
ating faetor and this is especially true
of transient response where the RC time
constant of a damped system does not
allow for sufficiently rapid recovery time
to insure faithful reproduction of mu-
sical content.

The effect of mass loading, operating
in several degrees of freedom in mechan-
ical resonance, is a major concern in
stereo pickups hecause of its effect on
channel separation. Figure 7 compares
the channel separations of a typical
high-mass system with that of an inher-
ently low-inertia moving-magnet pickup.
The high-mass system at (A) shows a
high-frequency mechanical resonance in
the order of 11,000 eps. This pickup is
heavily damped to suppress audible am-
plitude effects of this resonance. Note
the gradual loss of channel separation
as we approach resonance with the com-
plete loss at 12,000 cps and beyond in
the high-mass system. The moving mag-
net system shown in (B) ean retain ade-
quate channel separation throughout the
audible range. Obviously as resonance is
approached, the generating element mode

AUDIO e MAY, 1959

of motion is no longer controlled by
groove-wall modulation but hecomes a
funetion of natural vesonant vibration.

Introduction of damping with its un-
desirable incorrect resistance character
is the cause of the high distortion eon-
tent encountered in many stereo pickups
currently marketed. Pickup inefficiencies
of this nature can no longer bhe attrib-
uted to poor cutterhead design.

The ideal cartridge mechanisin is a
virtually undamped system whose dy-
namie mass is so small that the natural
resonance of the system, 1/2m/C,M,,
lies outside the audible range and allows
for flat frequency response and adequate
channel separation,

Dynamic Mass of the Stylus

The C,; factor, compliance of the
dise, has heen velatively standardized
and is a funetion of dise fabrication
techniques and materials. The only vari-
ahle parameter of cartridge design capa-
ble of affecting high-frequency veso-
nance hecomes the dynamie mass of the
system. The smaller the dynamic mass,
the higher the point of resonance.

To calculate the dynamic mass of the

shown in Fig. 4, let us examine its three
major eomponents, stylus, stylus lever,
and generating element.

The mass of the diamond illustrated

 iven | nDH N moh
is given hy | ——
SRy 4 3 Density.

arth
linr,'l + ."; il Deusity

where r,=radins of cylindrieal portion
of stylus
1=length of cylindrical portion
of stylus
h =height of conical portion of
stylus.

With the density of diamond at 3.5
gms/em?® we find for the nude stylus of
.012 in. diameter x .030 in. long the ac-
tual stylus mass is 0.2(10)-* grams or
0.2 milligrams.

The stylus lever, made of aluminum
.005 in. thiek is negligible in mass.

The mass of the rectangular generat-
ing element pivoting about its eenter
axis (AA) is concentrated at its radios
of gyration
b + ¢t

12

The mass of a rectangular element of
dimensions a, b, and ¢ is

Kaqq=

M =a x b x ¢ x Density

The effective mass of the moving ele-
ment referrved to the stylus tip is given
by the expression:

Effective Dynamie Mass =
Mass of the Moving element x
radius of
gyration
distance from
pivot center to

stylus
b ret
12
= a?h x Density \ ———
X
where X = distance from pivot center to

stylus.
For the case of the Empire “88”

moving-magnet  system, previously (Continued on page 46)
T FTTIT
T T f1)| AL
CHANNEL A | | 111] CHANNEL A
a 0 LUk 0 .
7 —t i i B i
=51 > g .I_ Y | A
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Fig. 7. Channel separation for typical variable-reluctance pickup (A), and for moving-
magnet pickup described (B).
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Negative-Supply Outboard

Codan

Although relatively few AM tuners are provided with any form of “squelch,” there are times when
it would be of some advantage to have silence in the absence of a carrier rather than modulation.
Interstation noise during tuning can be eliminated by this device, which is simple and effective.

PERATING ADVANTAGES of a eodan,
squelch, or intersignal noise si-
lencer are well known to most
commereial and amateur radio operators,
yet few commereially-made receivers
incorporate the device. A number of
technical deseriptions of the CODAN
(carrier operated device, anti-noise),
have been published in recent years!-23,
and all of those cited, as well as a num-
ber of others embodying the same gen-
eral principles, work, and work well.
Chief objections to addition of a
codan to an existing receiver have heen
the great amount of circuit change
necessary, the loading of the receiver

* 2075 Harvard St., Palo Alto, Cali-
fornia.

'R. A, Heising, “Radio links to the
telephone system,” Bell System Technical
Journal, Vol. 19, 1940, 611-646, or Bell
Telephone System Monograph, B-1255,
1940, 36 pp. .

2R. L. Ives, “Codan elimination of
intersignal noise,” @ST, Vol. 36, No. 10,
Oct. 1952, 36 et seq.

*U. 8. Bureau of Standards, “Handbook
Preferred Circuits” NAVAER 16-1-519,
1955, 64-3, N-12-2, N-12-3,

RONALD L. IVES*
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Fig. 2 Connections to receiver,

AVC system, and the injection of
contact potential from the codan into
the receiver AVC system. This latter
difficulty reduces the receiver sensitivity
at low signal levels ‘(where it is needed
most), and generally messes up the AVC
action, making extensive redesign of
the AVC eircuits necessary hefore
optimum performanece is again attained.

/2 MILLER 012-C-2
3 S
» SUBA R4
= b
< SQUELCH
T
02 =
CASE
le.,
| OPTIONAL S wpiase
4 C-1515 x
sTaNcoR |+ 23 e
" 0 4« x:, CASE
g2
17y, 23
I’ 700 <
AAAAA
: A VWA
-4
6.3v. N FIL
1
T 100 1w, 100 Tw. Dy w s
STANCOR >
Fig. 1 Circuvit of negative-supply codan.
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The prineipal funetion of a codan is
to silence the audio system of the
reeeiver when the earrier amplitude falls
below a specific and usually adjustable
value. By use of a “negative” power
supply, and an I-F “stealer” eircuit,
this funetion ean be performed by a
simple outhboard device, requiring only
two connections to the receiver, and one
to the power line. This eircnit, having
no connection to the receiver AVC sys-
tem, does not load it or alter its char-
acteristies.

Circuit of this simplified codan is
shown in Fig. 1. This is one of a family
of similar cireuits, all of which perform
well, and all require abhout the same
number of components. Differences be-
tween various members of the family
are rather obvious variations in the
location and method of sensitivity and
bias adjustments.

In this cireuit, the actuating signal is
tapped off the last i. f. stage through a
simall capacitor, and fed to the grid of a
pentode (half of a 6USA) through a
potentiometer, which provides grid
return and sensitivity adjustment. Am-
plified signal is tapped off the plate of
the pentode, and fed, through a small
capacitor and glow lamp, to a rectifier.
The pentode plate cireuit is tuned, to
narrow the effective frequency range of
the codan, and the glow lamp provides

AUDIO e MAY, 1959


www.americanradiohistory.com

LAST LF,

|

E-

.

—  DET,
CODAN

RESONATE

TO ILF,

Fig. 3 Alternate “stealer” circuit.

“snap aection”. In consequence, there
will be no audio signal output until the
receiver is tuned very close to resonance.

After reetification and filtering, the
signal, now d. e., is applied to the grid
of a triode (the other half of the 6USA),
which is biased positive with respeet to
its cathode when no signal is fed into
the codan.

Power supply is conventional except
that the “ground” is not negative, bhut
the arm of a potentiometer in the
bleeder, electrically very close to B plus.

When signal at the pentode plate is
too small to actnate the glow tube, triode
bias is positive, and the triode draws
appreciable plate current. In conse-
quenee, the plate, and hence the squeleh
terminal, will be strongly negative
(about 150 volts) with respect to ground.
This, when applied to the grid of any
andio tube, very effectively silences the
receiver.

In contrast, when signal at the
pentode plate is adequate to operate the
glow lamp, rectified current is applied
to the grid of the triode, cutting it off,
and redueing the plate eurrent to a very
low value (not zero). Voltage hetween
ground and the squelch terminal is

adjusted to exaetly zero by use of the
bias potentiometer (Fig. 1). When zero
external voltage is applied to the grid
of an audio tube, any signal applied to
the grid will be amplified, and the
reeeiver will not be silenced.

How to Connect

Connections of the codan to any ordi-
nary receiver are shown in Fig. 2. Note
here the alternative i. f. connections.

e

which makes use of the signal frequen-
cies always present in the sereen cireuit,
has definite experimental possibilities,
but is likely to introduee stability
problems into a pre-existing receiver.
Constrnetion of a codan of this type is
simple and straightforward. Standard
components of almost any brand may be
used, and adjustment is a matter of a
few minutes at most. In the prototype
here shown, a standard 5x8x2 in.

A

Fig. 5 Rear view of outboard codan.

Slight “touehing up” of the i. f. trans-
formers may be desirable after the
codan is connected.

An interesting alternate “stealer”
eireuit, which has no effect on receiver
alignment, is shown in Fig. 3. This,

Fig. 4 Front panel view of outboard codan.
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aluminum chassis was large enough to
permit generous spacing between com-
ponents. Front panel view comprises
Fig. 4. Parts may he arranged differ-
ently, to snit operating convenience or
personal taste, without impairing op-
eration, '

Power and signal conneetions, and
fuses, are mounted on the rear chassis
skirt, as in Fig. 5. Co-axial connectors
are used for both i. f. and squelch out-
puts for convenience, and because coaxial
conneetors and cables scem to furnish
better shiclding than “mike cable” and
microphone connectors. Besides that,
they were on hand.

Constructian Details

The power transformer shown in
these fignres is a Staneor PS 8415,
whereas that specified in Fig. 1 is a PA
8412, The reason for this discrepancy is
that the smaller transformer, used in
the prototypes, is overloaded ahout 30
per cent. Even though it yuns cool in
this applieation, a larger transformer is
recommended.

The two-section filter capacitor, a
Mallory FP 214.5, is mounted in a
Cineh socket, to facilitate replaeement.
Although this eapacitor, rated at 150

(Continued on page 72)

.23


www.americanradiohistory.com

The Amplifier Distortion Story

NORMAN H. CROWHURST*

Many are the elements causing distortion in amplifiers, ranging from
basic circuit design to deficiencies in the individual components. The
author points out where some of the pitfalls occur, and shows how
to use the transfer characteristic of tubes to study their performance.

HE next form of distortion we con-

sider is one that is essentially a

feedbaek-amplifier effect. The insta-
bility due to peaking that can oceur at
the high-frequeney end is only one result
of using too mueh feedback for the cir-
cnit constants involved. The other one
revealed by a linear cireuit analysis oe-
curs at the low-frequency end, due to a
low frequency, probably subsonie, peak.
This has been loosely defined by some as
low-frequeney transient distortion. While
it is quite true the effect is a transient
one, it might he rather puzzling just
what constitutes a low-frequency tran-
sient. Where would a frequency much
lower than 20 eps come from?

Usually the phonograph pickup or
radio input doesn’t have appreciable out-
put at any frequeney below 20 eps, so0
the presence of a peak down here should
not eause trouble. That is not quite true.
Although the low frequency is not pres-
ent as a separate entity, the program

*216-18 40th Ave., Bayside 61, N. Y.

i
T

Peak Hormonic Percentoge — o

-1
007 005 0T =2 s
Measured Harmonic, %, on Averoge-Reading Meter

Fig. 10. Analysis of true peak-to-peak
relationship for readings obtained with
a normal average-reading meter used
with a harmonic-distortion meter, on

clipping.
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In two parts—Part 2.

material contains even-order harmonies
and other forms of waveform that pro-
duce considerable asymmetry. As has
becn mathematically shown, such an
asymmetrical waveform is equivalent to
a combination of symmetrieal sine waves,
plus a change in bias, a momentary d.c.
variation in operating condition. This is
what really constitutes the low-frequeney
transient.

It is something that normally is not
audible and it should not produce any
audible effects. But its presence in a
feedhack amplifier means that any pro-
gram material with asymmetrical wave-
form can initiate a high-amplitude low-
frequeney fluetuation. This will not be
audible itself but, being high amplitude,
will introduce the ehanges in high-fre-
quency response already referred to due
to the changes in cireuit parameters,
plate resistance of tubes, and so on, on
different points on this high-amplitude
waveform. This will produce phase or
frequency modulation as well as ampli-
tude modulation of program components
toward the top end of the range.

Feedback will attempt to minimize
such fluctuations in the handling of
individual signals. But still spurious hy-
products will occur that will become
audible and deteriorate the quality of
the program when such asymmetrical
signals are present.

Exaggerated Overload

Now we return to the overload char-
acteristic question. Here we will consider
three cases. First, a well-designed feed-
back amplifier which overloads by run-
ring into clipping and ceases to over-
load as soon as the waveform ceases to
go far enough to canse the overload.

Suppose the input exeeeds the elipping
level by 10 per cent, which is a little less
than 1 db. This would produce a devia-
tion from true waveform by 10 per cent
of the signal, sounding like a knocking
or limitation of excursion at this point.
The peak amplitude of the clip or knock
component would be 20 dh bhelow the
fundamental signal amplitude, This is
quite audible.

Referred as peak deviation to peak
signal it is a 10 per cent distortion. But

WWW _ammerieantadiahistaory com

Output: Clipped I. M. Test Waveform
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Low-Frequency Harmonic in Residue — Not Measured

High-Frequency Modulotion — Theoretical

Fig. 11. Graphical analysis of clipping

as shown with an IM test waveform,

Indications on this kind of instrument are
discussed in the text.

measured on a harmonic meter that
averages the waveform over a complete
cyele it will only measure ahout 2 per
cent. A lower level of elipping, for
example, a 6 per cent ratio on a peak-
to-peak basis, will give an indication of
only 1 per cent on a harmonie average-
reading meter. This relation is plotted
in detail in Fig. 10.

An IM analysis of elippings is shown
at Fig. 11. If the filters associated with
the meter to produce the residual ecom-
ponents are all perfect in handling the
range of frequencies they are supposed
to, then the relationship between the
indication and its effective value will he
precisely the same as with the har-
monie method. But the probability is that
the deviations in amplitude of the mod-
ulated high frequency are for such short
duration that the instrument indicates
them at even less than their true value
hecause of the integrating action of the
rectifier and filter used for separating
out the modulation from the high-fre-
quency component itself.

It has often been observed, looking at
the transfer characteristic on the ’scope
and measuring the output for hoth har-
monie and IM distortion, that quite a
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Fig. 12. What hoppens in the “front

end” of any feedback omplifier when

clipping oaccurs. This may or may not

cause distartion that is drasticolly notice-

able, depending on various design fac-
tors.

visible order of clipping ecan oecur—
and certainly an audible order—hefore
the increase in harmonie or IM appears
to show an overload eondition at all on
the meters.

This may be important if you want to
listen to a sine wave, in which case the
knocking effect referred to becomes quite
audible. However, usually the limitation
imposed by this kind of performance is
cne of transient short duration only.
For example, the pluck tone of a guitar,
which may be 20 db higher than the
sustained tone, may get lopped off by
this momentary clipping. But tests show
that, subjectively, such losses are vir-
tually inaudible. Mayhe progressive
listening education may render them
more audible than they are at present.
But certainly they are far less audihle
than one would think from listening to
a great many amplifiers of today.

This is hecause there is a secondary
aspeet to the overload characteristies of
many feedhack amplifiers, our second
case. Again assume that the amplifier
has 20 db of feedback and that the
input .level is 10 per cent higher than
the clipping point. At this poeint the
feedback ceases to follow the input
waveform. Consequently, the internal
input to the amplifier suddeunly shoots
up by 100 per cent instead of 10 per
cent. (Fig. 12).

If the input goes 20 per cent over the
elipping point then the inerease in input
waveform will be 200 per cent and so on.
It is evident that a high transient peak
will produce a vastly exaggerated peak
in the front end of the amplifier—in
faet all the way through until something
happens in the nature of elipping.
CUsually the clipping occurs at the grids
of the output tuhes. However, the drive
stage will probably not have 20 db in
reserve before it too goes into clipping.
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This means that a very small overload
will very often cause clipping at several
stages in a feedback amplifier.

These are usually resistance/capaci-
tance coupled and consequently, block-
ing is likely to oceur. Whenever a grid
goes positive, partienlarly when it is
driven a long way positive due to the
sudden sensation of feedback, the bhias
on that stage is knocked back a long
way heyond its normal value, perhaps
four or five times. Then the time con-
stant of the eoupling network has to
allow the hias to return to its normal
condition hefore the amplifier ean go on
working.

This means that these very short dura-
tion excessive amplitude peaks in pro-
gram material ean cause blocking for an
appreciable fraction of a second, per-
haps more than a second, after they
cecur. This is then followed by a stran-
gled return of the signal, due to the fact
that the tubes do not suddenly return to
their correet operating condition. The
over-all effeet is that the amplifier breaks
up badly on these sudden peaks.

Several independent experimenters,
constructing amplifiers that avoid this
effect, have reported that considerahle
clipping can be allowed before the effect
becomes appreciably audible. To achieve
this requires careful attention to the
design of the amplifier so that sudden
removal of the feedback that occurs
when the clipping point is reached does
not overdrive some portion of the
amplifier to produce a blocked eondi-
tion. Or if such overdrive does oceur it
happens at a direet-coupled point where
immediate return to operating condition
follows removal of the exeessive peak.

Some amplifiers add insult to injury
by having ahmnost a trigger condition as
soon as maximum output is reached,
which is our third case. This will be
found when testing the amplifier. A
point is reached on its overload char-
acteristic heyond which it goes into
quite drastic or violent distortion, after
which the only way to obtain maximum
output again is to bring the input down
a long ‘way below the maximum point
and then bring it up very ecarefuily,
taking care not to exceed the desired
maximum, Obviously any transient peak
that exceeds this point on program wave-
form will produce the trigger effect that
careless handling of the oscillator will
cause in making the measurements.

The trigger effect can oceur due to
variety of combinations in eirenit param-
eters, but one of them is illustrated at
Fig. 13.

When the input exceeds clipping level
by less than 1 db, such ds to produce 10
per cent beyond the maximum permissi-
hie input, the output stage elips. This
removes the feedhack at this point and
produces a sharply peaked waveform at
the intermediate stages. In turn this
drives the output stage into considerable

WWW_ amerdceatiadioRistery. com

grid cumrent so as to over-hias it. The
resultant over-hias produces erossover
distortion and at the same time increases
the high-voltage supply, which was
previously drooping due to the approach
of maximum output, and thus increases
the gain of the earlier stages. The reason
for this is that the output power actually
drops when this input level is exceeded
due to the pieces taken out of the wave-
form hy the crossover effeet. The over-all
effect is that the waveform gets chopped
by clipping and crossover distortion and
stays that way until the input is reduced
to a level considerably helow the maxi-
mum permissible input.

So What?

So much for the various items of dis-
tortion, some of which are analyzed in
greater detail in the appendix. Now
what ean be done ahout them?

Two steps need to be considered: (1)
how can an amplifier be designed to
avoid these effects? And (2) what test
facilities are neeessary to measurc an
amplifier, so as to give a more effective
indieation of the audibility of the dis-
tortion it produces?

Oddly enough the first part seems to
he the easier of the two. It is velatively
easy, once you are acquainted with the
possibilities, to explore an amplifier de-
sign and find out whether it happens;

(Continued on page 70)

MAXIMUM
UNDIS.
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DN\
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VANV ANEYA\
\/FED BACK _\_/

0.9db INCREASE IN INPUT LEVEL

WAVEFORM

WAVEFORM
AMPLIFIED BY
EARLY STAGES

WAVEFORM

AT ONE

ourPUT

‘BIAS®

COMPONENT

OF GRID
OTHER WAVEFORM
PLATE PUSH-PULL

OUTPUT STAGE

OuTPUT ; 7 i 7
WAVEFORM

Fig. 13. One form of “trigger” distortian
thot occurs on some amplifiers as soon
as the input for maximum rated output
is exceeded by the smallest amount.
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Ftih fledged  two-way
speaker

Frequency response —
flat over wide range

Ovutstanding transient
response

Small enclosure is ade-
quate

Elimination of non-
Iin,eo_r‘ distortion

High efficiency

Built-in electrical cross-~

TSt

The world of high fidelity is about to enter the stereo-
phonic age.

One after the other, high fidality equipmant manufacturers
are unveiling the autstanding results of their unceasing efforts
in coping with this rapidly evolving situation.

The PAX-20A unveiled by the PIONEER Company is a
full-fledged two-way speaker comprised of o now-
renowned PIONEER PW-20A 8-inch woofer and a
newly designed cone type tweeter unit featuring a
built-in electrical crossover circuit, and it reproduces
freavencies ranging from 40 to 20,000 cycles per

PAX-20A

THE IDEAL SPEAKER FOR YOUR STEREO SYSTEM!!!

second at an average efficiency factor of 'lO:ldb/wun
with extremely low distortion. With a power handling
copacity of 8 watts, the PAX-20A is the ideal 8-inch

speaker for stereophonic systems. In addition to this particular model, PIONEER many-
The PAX-20A, PIONEER's proud contribution to the re- factures more than 170 different types of speakers
naissance of the oudio world, will fulfill every fond of oll shapes and sizes that are exported to close
expectation. to 60 different countries of the world.

FUKUIN ELECTRIC, TOKYO, JAPAN us/Agen

Monarch International Inc.
7035 Laurel Canyon Bivd.
North Hollywood, Calif. U.S. A

5 Otowacho 6-chome, Bunkyoku, Tokyo, Japan.
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e THE WORLD’S ONLY

STEREO RECEIVER FOR
THE DISCRIMINATING

AUDIO ENTHUSIAST

B For those who want the convenience of an
all-in-one instrument. . . versatility at the heart
of their hi-fi installation ... as well as the qual-
ity of performance and dependability that
have typified all FISHER high fidelity products
for over twenty-one years — THE FISHER
TA-600 is the only possible choice.
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Everything you need-on

= STEREO FM-AM TUNER

I:!
H

compact chassis!

= STEREO MASTER AUDIO CONTROL
= STEREO 40-WATT AMPLIFIER

4 9
\ i =

s

3

A o
=

1
]

THE FISH

10

| '1 ;

7 $3495°

10 Slighly Higher
in the Far West

5

.
o
S
L

BEST STEREO RECEIVER MADE!

1 Forty watts of power from dual twenty-watt ampli-
fiers (seventy watts peak power.) 2 Cascode RF stage
on FM for extreme sensitivity. 3 Bridge-type, low-
noise triode mixer on FM. 4 Input and output jacks
for MULTIPLEX reception. 5 Two MicroRaY tuning
indicators to help you tune in the weakest signal as
easily as the strongest. 6 Connections for four, eight,
and sixteen-ohm speakers (rear.) 7 Rotatable, ferrite
loop antenna, for maximum signal power and mini-
mum interference (rear.) 8 Two-position bandwidth
on AM (a must for stereo.) 9 Ten kilocycle whistle
filter to eliminate interferenaa-from adjacent stations.
10 DC filament supply to reduce hum to complete

inaudibility. 11 Dual bass and treble tone controls.
12 Five-position input selector. 13 Five-position
stereo-monophonic switch. 14 Dual balance control.
15 Master volume control. 16 Tape monitor switch.
17 High and low frequency filters. 18 Loudness con-
tour switch. 19 Five input level adjustments (rear.)
20 Phase-reversing switch to compensate for any im-
properly phased tape recordings or speakers (rear.)
21 Tape recorder output jacks (rear.) 22 Special input
jack arrangement to permit using an external FM
tuner with the TA-600 for the reception of FM-FM
stereo broadcasts (rear.) 23 Auxiliary AC outlets for
plugging in associated equipment (rear.) Frequency
response, 25 to 20,000 cps, = I db

WRITE TODAY FOR COMPLETE SPECIFICATIONS

FISHER RADIO CORPORATION - 21-29 44th DRIVE « LONG ISLAND CITY 1, N. Y,

Export: Morhan Exporting Corp., 458 Broadway, New York 13, N. Y.
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What Kind of Tape Machine for Your
Audio System?

HERMAN BURSTEIN*

The first step in buying a tape recorder is to determine what your requirements are—
some users want only to play recorded tapes, others to record their favorite music off-
the-air, and still others want to engage in the most complicated of tape maneuvers.

F YOU PURCHASE an FM tuner, it is

quite well understood what you are

getting from a funectional point of
view. Essentially you are acquiring a de-
viee that will eonvert a radio signal into
an audio voltage. It remains for other
audio ecomponents to amplify this volt-
age, adjust its tonal balanece if necessary,
and finally eonvert it into sound. Simi-
larly, if yon aequire a control amplifier
(often called a preamplifier) or a power
amplier or a speaker, its functions are
quite well defined; you do not expect
a power amplifier, for example, to do
what a control amplifier does (seleetion

* 280 Twin Lane E, Wantagh, N. Y.

30

of signal souree, control of gain, ad-
justment of bass and treble, filtering of
highs and lows, preamplifieation and
equalization of low-level signals, and so
on), or vice versa.

But the province of a tape machine
is not nearly so well defined. (For the
time being we shall use the term tape
maehine in lienu of tape recorder be-
cause the device does not necessarily
have to record.) The scope of a tape ma-
chine ean range from merely transport-
ing the tape to providing a complete
self-contained audio system for the re-
cording and reproduction of sound on
tape.

Fig. 1.

WWW. asnerieaniadiahisiery.com

There are five types of purchase that
one can make in order to bring tape re-
production into the home:

1. Transport only

2. Transport and separate playback
electronics

3. Transport and separate reeord-
playback eleetronics

4. Tape recovder proper—transport
and integrated record-playback
electronies.

. Self-contained tape
cluding power
speaker
The purchase suited to a given indi-

vidual depends partly upon his wants,

recorder—in-
amplifier and

(4]

(left) A typical transport mechanism—the Pentron TM

Series.

Fig. 2. (below) Another type of tape mechanism—Viking FF75.

AUDIO e MAY, 1959
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all of theseJensen hi-fi speakers

" /'-—‘D:::
DUAL STEREO

TP-250
!
4 ‘ $5-1C0
e —
S " |
'.’1 ——
l' N h"'/' 3
|
a— !
CN-100

a ,

O 50 TT S, KT

‘a N
...the FLEXAIR* woofer! s

All of the new Jensen speakers illustrated above sound better . . . can
be housed in small-scaled enclosures . . . give you much more
performance for the money . . . because they use the new Flexair*
woofer developed and perfected by Jensen.

Relative freedom of cone movement is not new but this is only part
of the story. When used in a Bass-Superflex* tube vented enclosure,
the Flexair woofer for the first time gives you ALL these important
performance features for vastly superior, utterly authentic bass
response: (1) Extremely long cone travel; (2) very high compliance
throughout total travel; (3) very low resonance; (4) extremely low
distortion; (5) high efficiency (will drive with a 10-watt amplifier).
If you'd like to know more about this exclusive Jensen

development, write for free Brochure KF.

@I’

&N
lO EQ 9/&’% KT-24

WOOFER

A White dot shows forward, central and inward positions

ot Flexair woofer cone during 1" movement. (Perspective
shortens apparent distance between dots for inward travel).
B Diagram shows extreme accordion action of annulus
permitting linear extra-long cone travel.

€ shows the scientifically proportioned tube vent used in the . E
Bass-Superflex enclosure for extended bass and very low c | WOOFER
distortion with the Flexair woofer. Except for vent, i
enclosure is air-tight. Vent action during large motions

of woofer cone is dramatically illustrated in the two
unretouched photos at the right. Jensen TR-10 TRi-ette*
(with grille cloth removed) was used in the experiments.
In D, air filled balloon is kept in suspension by air flow
from vent. Successive high speed exposures show

rise of balloon when signal is turned on. In E a

candle flame is deflected by air motion from

tube vent with same low frequency signal.

ensen MANUFACTURING COMPANY

6601 S. Laramie Avenue, Chicago 38, lllinois
Division of The Muter Co. In Canada: J. R. Longstaffe Co., Ltd., Toronto s In Mexico: Radios Y Television, S.A.. Mexico D.F.

*T.M. J. M. Co.
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Fig. 4. NARTB playback equalization
circuits.,

32

FREQUENCY IN CYCLES PER SECOND

instead of using one head for both re-
cording and playback. The transport
30 may contain room for as many as five
2 S NAR heads; considering the diversity of types
0 || ™ g of heads—full-track monophonie, half-
I ™~ \ track monophonie, two-track sterco, and
é M K fig. 3. NARTB four-track stereo—and taking into ac-
E 10 aa Y \\ q tape playback count spemal.practlcos such‘ as somld. on
o5 SNt RiAA equalization com- sound recording, some aundiofans might
¥ o M pared with RIAA want as many as five heads.
2 " 1 phono equaliza- The transport plays a role in the an-
& NARTE L] tion. dio system analogous to the phonograph.
-l ‘\ It is a mechanical device (like the turn-
-5 N table) incorporating a transducer (like
~20 the phono cartridge) that delivers a
B small signal requiring amplification to
0t Y e ' ™ oo 20%® bring it up to a usable level and equali-
A e zation to achieve flat frequency response.
To be able to limit one’s purchase to a
partly upon his standards of audio re- tape transpoit without electronies, it 'is
produetion, and partly upon the audio necessary that the control amplifier in
¥ equipment he already owns. Through an  oné’s andio system contain preamplifica-
GRID OF understanding of each of these types of tion facilities (ineluding equalization)
5:" 5;,‘ FouowinG|  acquisition in terms of functions per- specifieally .designed to acecommodate
— :E§ 38 S formed, quality of performanece, limita- the signal directly from a tape playback
5879, 6AUS ) g ‘;5"' \ tions, and economy, the audiofan can head. This corresponds to the require-
! deeide which acquisition is best for him.  mients imposed by a magnetic phono car-
tridge, where the control amplifier must
o Arx:a_ Transport Only provide RTAA compensation (equaliza-
HED As many people know, it is feasible tion f"‘i 9“"]“‘13)" recordngg charaeteris-
$ to purchase simply the transport (Figs. 'txcs, s_"" . l‘fs P and AES, are also nsu-
b 1 and 2), the mechanical device that ally supplied). In the case of the tape
p- moves the tape from a supply reel, past hf'}ld, and assuming opcljatlon nt- 7.5 ips,
the tape heads, and outo a takeup reel. BARTI.S .eq\mhzuhon is required in-
Transports capable of good performance stead ; 1Yt is also bec(.)mn}g the ‘pl'z_w.tlcc
can be had for substantially less thap to use NARTB equalization at 3.75 ips,
$100, aithough it is also possible to pay alt}_loufgh thl.S is 1‘10t yet as common as
18 A ceveral hundred dollars for units of ;VtAII;STlgs:]‘:‘ql::e 3 shows the RTAA and
Vs 12AX7, ECCB3 FOLLOWING|  oini-professional and professional qual- ABULEE A
Y 1280, § E STAGE ity OI; dinarily, the trarll) e e Most contrf)'l z.lmphﬁ(frs made today
.05 f one or more heads, and in some cases co.ntmn gqualmatlon for the signal ob-
the unit may provide space and facili- tained dn'ec.t]y from a tape. playl?ack
= ties for adding more heads. To illustrate, head. lef‘t is, they ,}mve an mput jack
TAPE g 2 N . Iy to play re- marked “tape head.” However, they do
PLAYBACK if the owner wishes only play t all ide NARTB lizati
%0 2 corded tapes, he can purchase a trans- 1ot all provide equalization.
= e The writer has measured the tape equal-
y port containing a playback head. How- ™ ) ¢ ber of trol
S ever, if he plans on recording, he will ization curves of a number of coutro
< need to add at least an erase head; if he avmphﬁers, and \}'hnlle some follow the
] desires the best possible results, he may NARTB curve within a decibel or two,
wish to add a separate recording head (Continued on page 66)
o
pLArc::c_x« Fig. 5. Frequrncy
b response resulting
HeaD 3 fro:\"\ the use of I 5
p: RIAA compensa- E 0 L
tion for a tape 3 L] N\
requiring NARTB M o S
equalization. =-l°
= L300, , 40K g
WAAMA—-AMWY
FEEDBACK :oumur!'oT"Wa
©)
J : 100 1000 0000 1%
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As Professional
As a Stereophonic
-\ Preamplifier CAN Be!

.
STEREO PREAMPLIFIER n/

CHANNEL A LEVEL

MASTER VOLUME

COMPLETELY
PROFESSIONAL
IN CONCEPT,
DESIGN

AND
PERFORMANCE!

Write Today for Complete PILOT
Stereophonic Component Catalog

Pidod™® RADIO CORPOR.:

AUDIO e MAY, 1959

TION « 37

84
METER FUNCTION

L~ ot

THE NEW PILOT 216-A Is the protessional stereophonic preamplifier purchased In quantity
from Piiot dealers by broadcast enslnecrs of some of the nation's major radio-television
stations—before the appearance of any publicity or advertising. The uncompromising
quality to which PILOT has been dedicated for 40 years is evident. There is no other
l“k"etgnphgligkpr"mpml" on the market for music syst and tape ¢ g, quite
ike the .

© TWO YU METERS — llluminated, to indicate tape recording output level or to visuaily
bal both ch Is of a st system. .

© SEPARATE TAPE OUTPUT GAIN CONTROLS — to adjust the galn for tape recording for.
each channel.independently. The combination ot recording galn controls and VU meters
provides a complete control center for tape recording. o i B

©® METER FUNCTION-SWITCH — to use the VU meters for tape recording; or to adjust-
the listening: balance without affecting.the tape signal in-any manner.. ..

© TROLOK TONE CONTROLS — exclusive’ PILOT- feature permits: treble and bass-adjust--
ments for each ch; | individually or ita . . .

@ 14 INPUTS — two each for phono record changer, phono turntable, tape head, micro-
phone, FM-AM, Muitiplex, tape recorder.

© 4 QUTPUTS — two audio outputs and two tape recorder outputs. Tape output signals
unaffected by volume or tone controls..

© TURNTABLE/RECORD CHANGER SWITCH — enables you to.Connect both a record changer
and turntable to your system, and use elther.

@ EXCLUSIVE PILOT AUYOMATIC SHUT-OFF — permits yMir record changer to turn off

your complete system when the changer stops after the last record has been played.
© LOUDNESS CONTOUR CONTROL — appiies Fletcher-Munson loudness compensation to
both Channels A and B simultaneously. Five positions — normai, plus four callbrated
positions to provide Incrusln1 amounts of bass boost to compensate for the normat
human low frequency hearing loss at low listening levels.
© ELECTRONIC CROSSOVER — feeds low frequencies to Channe! A and high frequencies
to Channel B for monophonic bi-amplifier use.
© INTERNAL CATHODE FOLLOWERS — to provide low output impedance permitting use
of audio cables up to 100 feet between the 216-A and power ampilfier, as well as to
the tape recorder.
©® 12 FRONT PANEL CONTROLS — Selector, Mode (including Stereo Reverse Position),
Master Volume, Loudness Contour, Stereo Balance, Bass and Treble (optionally used
anged or tely), Power/Aut Shut-off, Ch 1A ding_Gain,"Channel
Becordmlq Gain, and_Recor‘d Changer/Turntable Switch, Meter Function (Recording

© SPECIFICATIONS — Frequency Response, == 1 db from 20 to 20,000 cycles. Audio
Output, 1 volt. Tape Output, 0-1.3 voits adjustabie for OVU. Harmonic Distortion,
0.2% (2/10 of 1%) at maximum sensitivity. Hum and Noise, 80 db beiow 1. voit.
Eiuallzation: RIAA automaticall{‘. LP, NAB, AES at calibrated points on fone controis.
NARTB tape equalization and MIC flat trequency response automatically. 10 tubes
including rectifier. Size: 434" high x 14%” wide x 10Vs" deep.

© DRAMATIC DESIGN — brushed brass escutcheon with triple gold plated trame and
heavy duty knobs. Supplied complete with black vinyl-clad steel enclosure. $ 50

X Slightiy higher in the West. l 99

-04 36th

STREET « L.I. CITY 1, N
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LAFAYETTE KT-600
STEREO CONTROL AMPLIFIER

The Lafayette KT-600, shown in Fig. 1,
iy a stereo eontrol amplifier in kit form.
This js a skillfully engineered unit incor-
porating ahnost every mono  and stereo
function of value that has ‘yet appeared.
. Beeause it seeks to provide the stereofan
with; all he may desire, it is necessarily an
elaborate affair. It contains 12 inputs, §
outputs, 12 switches, 7 front panel con-
tinuous controls, 9 rear panel continuous
controls, 7 tubes, 97 fixed resistors, 63
capacitors, and various other parts—call-
ing for 457 assembly steps. There are
about 35 to 40 hours of work ahead of the
constructor, and in the opinion of this re-
viewer the result justifies the labor. It is an
excellent control amplifier (not a power
amplifier), obviously designed to a stand-
ard of performance rather than a priee,
and such reservations as this reviewer may
have are only two and relatively minor.
Priced at $79.50 as a kit, it would prob-
ably sell in the region of $175 to $200 in
finished form.

Features, Functions, Modes of Operation

The XT-600 provides the following
features and functions hitherto found in
monophonie equipment.

1. Input jacks, on each channel, for six
sources: tuner, tape amplifier, aunxiliary
(high-level), magnetiec phono, constant-
amplitude phono (ceramie, erystal, or
capacitive pickup), and tape head.

2. Input level-sets for each high-level
source, and one input level-set following
the preamplifier, which accommodates the
three low-level sources.

3. Tape recorder output.

4. Separate turnover and rolloff switches
for phono and tape-head equalization. The
turnover positions are LP, RIAA, AES,
and TAPE HEAD  (approximately

NARTB). The rolloff positions are LP,

RIAA, AES, 10.5 (db down at 10,000 cps),
5 (db down), and flat. Altogether, 24 equal-
ization combinations are possible. The roll-
off switch has a seventh position, which
connects the tape-head jack instead of the
phono jacks to the preamplifier.

5. Bass and treble controls. Separate
controls, rather than ganged ones, arc
provided for each channel.

6. Rumnble filter (ganged for the two
channels). i

7. Serateh filter (ganged).

8. Presence control (ganged).

9. Play-monitor switch. This enables one
to compare the incoming signal with the
signal being recorded on a tape and simul-
tancously played back, assuming one is
using a tape machine with separate record
and playback heads.

10. Loudness switch, that converts the
gain control to a loudness control. Only
bass boost is provided.

The stereo features, functions, and
modes of operation are as follows.

1. Input Stereo Function Switch:-

a. Mono A (Signal A to both channels).

b. Mono B (Signal B to both channels).

c. Stereo (Signal A to Channcl A; Sig-
nal B to Channel B).™™

d. A+ B (both signals to both ehannels,
with separation between signals variable
from 0 db to 12 db by means of a bridging
control; with maximum separation, 25 per
cent of Signal A is fed to Channel B, and
25 per cent of Signal B to Channel A).

e. Calibrate (both signals to both chan-
nels, with no separation). This has two
purposes. (i) Channel balancing (dis-
cussed below) requires a mono source 8o
that the full audio information can be fed
to bhoth channels. If a mono source is
unavailable, the A + B signal simulates one.
(ii) The bridging control (discussed above
in d) is ganged with the gain eontrol for a
center-channel output, on the theory that
center fill will be obtained either by par-
tial mixing of the A and B signals or by

Fig. 1. Panel view

of Lafayette KT-

600 Stereo Con-
trol Amplifier.

WWW. amerseasadioRhistery.com

use of a center channel, but not both at
once. When playing mono records with a
stereo pickup, it is desirable that both
channels be fully combined in order to
minimize vertical rumble. However, if the
center channel gain control is below maxi-
mum position, which is likely to be the
case, then the A and B signals will not be
fully ecombined, because the bridging con-
trol will perforce also be below maximnum
setting. However, the calibrate position of
the input stereo function switeh permits
ccmplete mixing of the A +B signals.

2. Output Stereo Function Switch:

a. Reverse Channel, Reverse Phase (Sig-
nal A to Channel B output; Signal -B to
Channel A output).

b. Reverse Channel (Signal A to Chan.
nel B output; Signal B to Channel A out-
put).

c. Normal (Signal A to Channel A out-
put; Signal B to Channel B output).

d. Reverse Phase (Signal A to Chanuel
A output; Signal -B to Channel B out-
put).

e. Calibrate (signal A - B to both chan-
nels). If identieal signals, as from a mono
dise, are fed to each channel, and if the
input level sets and/or volume controls of
each channel in the KT-600 are adjusted
for equal gain, a null in the sound should
occur. Hence the calibrate position is very
useful for balancing purposes. (This as-
sumes that the power amplifier-speaker
combination of one channel has been bal-
anced against the other, so that equal sig-
nals to each power amplifier will result in
equal acoustic output from each speaker.
Such balancing can easily be accomplished
with the aid of the KT-600 by feeding n
signal to one channel and alternating it
between the A and B output jacks by
means of the output stereo function switeh
(positions described above in b and c¢).

3. Center Channel Output. This mixes
Signals A and B in the samne proportion.
as they occur at the A and B output jacks.
As previously indicated, gain of the center
cliannel is variable independently of the A
and B channels.

4, Master Gain-Balance Controls. Indi-
vidual gain controls are provided for each
channel, concentrically mounted and with
a push-pull clutch device so the knobs can
be operated independently or simultane-
ously. With the inner knob (Channel B)
pulled out, the controls can be rotated indi-
vidually for channel balance. With this
knob pushed in, they operate together as
a master gain control.

A feature considered desirable in 2
stereo amplifier is an “AB" switching fa-
cility that emables one to balance stereo
program material by alternately listening
to the A and B signals. Although this
feature is not specifically incorporated in
either of the KT-600's two stereo function
switches, nevertheless it exists by virtue of
the fact that the selector switches are not
ganged but operate independently for each
channel. To illustrate, if one is listening to
an FM and AM pair of tuners bringing in
a stereo program, one selector switeh ean
be set to the tuner position while the other
is set to another position; then the pro-
cedure can be reversed. The selector
switehes are concentrically mounted, which
permits them to be turned together to fa-
cilitate the AB balancing process.

Design

Figure 2 is a block diagram of the KT-
600, which contains many points of interest
from a design viewpoint. Tubes V,-T.
constitute Channel A, and ¥,- ¥, Channel
B. ¥V, is a phase inverter that changes
Signal B to -B. ¥, provides a center
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Even on a tight budget, you can still enjoy The Very Best in Sound —with the Bozak B-207A,
the finest two-way speaker system made @ Modest in price, unrivalled in musical sensitivity,
the B-207A adapts to your needs e Use it where you will: in a wall, built-in enclosure, or exist-
ing sturdy cabinet—in an economical E-300K enclosure kit, a cabinet of your own design and
handiwork, or a Bozak-built cabinet of Contemporary, Provincial or Urban styling @ Use it as you
will: singly as the purest voice for a space-saving quality music system— in pairs for thrilling
stereo realism—or as a component of the larger Bozak three-way systems @ See your Bozak
franchised dealer— listen and compare, note-for-note and dollar-for-dollar — if you know music

h]
you'll choose Bozak e Literature sent on request @ BOZAK o DARIEN ¢ CONNECTICUT
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(pliantom) channel consisting of A +B.
Since Channel A is an exact duplicate of
Channel B, except for ¥,, comments in
the following discussion about V,-V¥, ap-
ply as well to ¥V, — V..

Negative feedback, mainly of the plate-
to-grid variety (over one stage at a time)
is used throughout the KT-600 in order
to: minimize distortion; shape frequency
response (phono and tape-head equaliza-
tion, presence control, scratch filter, tone
controls) ; maintain high-frequency re-
sponse; adjust gain to circuit require-
ments; and enable the tubes to present a
high input impedance and a low output
impedance to other circuit elements,
thereby minimizing loading effects upon
each other, which in turn reduces distor-
tion, maintains treble response, and per-
mits neccurate shaping of frequency re-
sponse (equalization, tone controls, and so
on).

The output stage, Vs (and similarly
Vep for Channel B and V., for the center
channel), is not the familiar cathode fol-
lower but the rather unfamiliar plate fol-
lewer. The cathode follower achieves a low
output impedance, permitting a long cable
run to the next piece of equipment, by
current feedback via a large cathode re-
sistor. The plate follower achieves a low

output impedance by voltage feedback via
a resistor from plate to grid. The designer
of the KT-600 gave the reviewer his rea-
sons for preferring the plate follower: It
permits some gain, according to the value
of the feedback resistor, whereas the
cathode follower operates at a slight loss;
that is, the plate follower enables the
designer to trade the advantages of feed-
back for gain in whatever proportions he
desires. Distortion is less when operating
a tube on its voltage characteristic (plate
follower) than on its current characteristic
(cathode follower). On listening tests, the
plate follower sounds better to the de-
signer, having n more transparent quality.

Every tube in the KT-600 is a 7025/
12AX7, so that the owner need keep only
one replacement tube on hand. From the
design standpoint, the 12AX7-type was
preferred as more linear than the 12AU7,
which is often used in some amplifier
stages in order to limit gain; gain of the
12AX7 is about 30 db for each triode, and
of the 12AU7 about 20 db each. To limit
gain where necessary (the six stages in
each channel have potential gain totalling
about 180 db), negative feedback was em-
ployed by the designer.

It may be seen in Fig. 2 that the gain
control is at a very late stage, just prior to

the output tube. This raises the possibility
of excessive signal input and consequent
overloading, which is averted in some con-
trol amplifiers by placing the gain control
at a very early stage. The problem is solved
in the KT-600 by providing input level-
sets for each high-level sonrce and another
level-set following the preamplifier 7.
These level sets serve a second very ime
portant purpose in permitting one to bal-
ance the two sections of a stereo signal
source, such as the two sections of a stereo
cartridge or stereo tape head. By having
the gain control at a Iate stage, the noise
of preceding stages is reduced as gain is
reduced.

1t will be noted that the constant-ampli-
tude phono input is connected to the mag-
netic phono input by a small capacitor. In
conjunction with the load impedance, this
capacitor acts as a high-pass filter, eausing
the signal to rise with frequency in the
same manner as the signal from a constant-
velocity (magnetic) pickup. Thus the sig-
nal from a constant-amplitude pickup
(ceramic, crystal, ecapacitance) can be
handled by the preamplifier in the same
way as a signal from a iagnetic pickup,
permitting a variety of equalization char-
acteristies. One can use either a constant-
amplitude pickup or a magnetic pickup,

G -GANGED WITH SWITCH FOR CHANNEL 8

EQUALIZATION ALL TUBES 7025's OR 12AX7's
TURNOVER ~ ROLL-OFF
P
RIAA
COMBINED WITH AEs 0\ | TONE TAPE
ROLL-OFF SWITCH P 1050 CONTROLS é o ourtpuT
RIAA O 50 PRESENCE SCRATC MONITOR A
AES O FLATO CONTROL FILTER TREBLE
- TAPE TAPE HDO TAPE HD. O Ono ~ [lono PLAY
HEAD o*°
Ot FEEDBACK
CONSTANT
awe. O
PHONO
MAG, GAIN
PHONO
LEVEL SET
TOUDNESS
TUNER @-W—-O CONTROL
FILTER Ono
off
AUX @—AM\:—-O
COMBINED WITH GAIN
TAPE TURNOVER SWITCH OUTPUT SWITCHING
AMPL, FEEDDACK Ry cH -REVPH -8
INPUT SWITCHING REV CH 80 o A
NORM a0 ! .
% G 1 1> Dt
CHANNEL A STEREO 2o N CALIB. A-po :
CA*LaB- Ao:C : - REV CH-REV PH AC\I\-
ALIB. A+BO d REV CH A0
1 S o ! NORM 80 R ONN
MON A A O\I\o_ $493 : REV PH e OuTPUT
MON & 8o S |o% CALIB. A~-Bo
CHANNEL 8 STEREO 30 L S g(z) I
Aep® A+BO —Z0 | 4
CALIB, A+BO [, P 1 0) BRIDGED
outeuT
D) TAPE
— ouvnpur
i FEEDBACK

NOTE: UNLABELED PARTS IN CHANNEL B
CORRESPOND TO THOSE IN CHANNEL A

® CHANNEL SEPARATION VARIABLE
FROM 0db TO 12db

Fig. 2. Block diagram of the Lafayette KT-600 Stereo Control Amplifier.
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precise

Brings The Luxury Of Complete Stereo
Within Reach Of Everyone!

Iubegm MARK XXIV

The Ultra-New COmglele

STEREO AMPLIFICATION SYSTEM

Not since the advent of Stereo has any unit had such dra-
matic impact on the world of high fidelity.

Now, for the first time, a complete stereo system which in-
cludes dual amplifiers and pre-amplifiers in a single com-
pact unit . . . with sufficient power to equal custom sound
reproduction . . . PLUS every important luxury feature found
in amplifiers sold at twice the price.

And, best of all, the Ultra-new INTEGRA Mark XXIV will equal
any stereo amplifier in advanced circuitry, engineering,

beauty of design, quality of manufacture . . . and superb

performance.

Waiting for Multiplex? The INTEGRA Mark XXIV is ready now
to accept Precise Development’s accessory MULTIPLECTOR
which places Multiplex right where it belongs — inside the
amplifier! You'll be able to receive Multiplex programs with
no additional equipment other than your awn AM Tuner, FM
Tuner or Tv.

A DRAMATIC LINE-UP OF FEATURES:

« Two Individual Amplifiers and Pre-Amplifiers in a Single
Compact Unit . 20 Watts RMS Power In Each Channel (40
Watts Peak) . 40 Watts RMS Power Combined for Mono-
?honlc Listening (80 watts Peak) « Ready to Accept in-
ernal Accessory MULTIPLECTCR for immediate Reception
of Muitiplexed Programs when Used With Your Own AM or
FM Tuner or TV Sét"e Separate fush-Pull Amplification Cir-
cuits Usmf 4 Tubes o Exclusive Voltage Reguiating Fixed
Blas Supply Provides 5 Times Greater Efficiency and Vir-
tuaily Eliminates Distortion « High Inverse Feedback Cir-
cuit Yields Flat Response from 18 to 20,000 CPS (¥2 db at
75,000 CPS « IM Distortion Less Than .6% at Normal Lls-
. tening Level  Total Harmonic Distortion Less than .2% at
f Normal Listening Level « Separate Treble Controls for
“°  Each Channel . Separate Bass Controls for Each Channel
« Separate Yolume Controls for Each Channel « Master
Loudness .Control ‘Provides Gain and Attenuation for Both

\, Co,,, Fo, ¢
| /“/e Ste n;,
3 in
= . ith S
= Use
SN

AM-FM TUNER

A superb AM and FM tuner providing matched per-
formance and great beauty. Coupled with variable

automatic frequency control and metered output, it
brings in the weakest stations and provides razor-
sharp selectivity. Distinctive white and gold front

panel styling.

Channels Simultaneously « Separate Panel 1 lon
Switch « Contour Switch with Provision for Normal Listen-
Ing,-10 and -20 « Slide Switch Affords Stereo, Monophonic
or Muitiplex Listening Plus Mute Position « Slide Switch
for Normal Stereo Listening or Reversal of Stereo Chan-
nels « Selector Control h}s Positions for Phono, Tuner
Tuner Plus TV (for Special TV-Radio Stereo Broadcasts), TV
and Tape » Built-In Speaker Phasing « Variable Hum Bal-
ance Control « Inputs for 2 Tuners (Can be Operated Sl-
multaneously for Stereo Broadcast Receptlon) « Dual Tape
Inputs « Dual TV inputs « Inputs for Magnetic, Ceramic
and Crystal Cartridges « Dual Tape Outputs « Isolated
Heavy-duty AC Power Transfornier » AC Conyenience Out-
let o Luxurious White and Gold Contrasting Front Panel
« Handsome Cabinet « Tube Complement: Four 6BQS
EL84); one 6ACA (EZ81); one 12AU7 (ECC82); three 12AX7
ccai), one Germanium Dlode; one Neon Regulator

Precise Development Corp. pept. A5

Oceonside, Long Islond, N.Y.

Please send me information about High Fidelity

Equipment.

Name _

Address_

City Zone State.
MY DEALER WOULD LIKE INFORMATION TOO!

He is__

Address____ —

City Zone. State

+ Cathode Folower Output « AC Convenience Outlet « Phono,

Condenser « Logging Scale. « Complete with Case

A superb 40-watt amplifier which supports a sym-
phony orchestra with live, crisp, brilliant, distor-
tion-free reproduction.

Control « Loudness Control « 5 mv Full Output « Rumble

« FM — 88 to 108 MC « AM — 500 to 1600 KC « Output Tuning Meter s99

FM, AM,
TV Switch « Inputs for Phono and TV . Foster-Seeley Discriminator
« Flywheel Tuning « Two Limiters « Ferri-Loop . 3-Gang Variable

Reacy For
List2ning

* 24 Positions of Equalization « DC on Input Tube Filaments ¢ Volume 95
Filter s 9

o Muting Switch » AC Convenience Outlet . Output Meter Reads

Power Output in Watts, Tape Output in Volts . Separate and

Inde-

pendent Tape OQutput Level Potentiometer . Cathode Follower Tape Ready For
Output « Internal Grid Bias, Grid Balance and Hum Balancing Controls Listening
« Output Selector for Speakers of Different Impedance . A-AB-B

Speaker Selector . Special Patent-pending Output Transformer o 10 Complete
Tubes . Fused Power Supply « Rich White and Gold Front Panel with Case
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" DEVELOPMENT CORP.
High Fidelity Division
OCEANSIDE, LONG ISLAND; NEW YORK
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but not both. It is not advisable to connect
a constant-amplitude pickup to one of the
KT-600's higb-level input jacks, because
the iuput impedance is only 250k ohms,
whereas about 1 to 3 megohms is usually
required.

From the selector switeh, whieh is com-
bined with the turnover switeh, the signal
goes to a two-stage rumble filter of the
losser type—the only instance in the KT-
600 where frequency-shaping is not
achieved by negative feedback. Below 30
cps, where rumble is apt to be most pro-
nounced, there is an attenuation of 16 db
at 30 cps and 21.5 db at 20 eps. On the
other hand, the filter does take a fair bite
out of the lower audio frequencies. Atten-
uation measured 4.5 db at 100 ¢ps and 10
db at 50 eps.

The block diagram shows that each of
the remaining frequency-shaping cireuits
takes place at a different tube stage, so
that these circuits are isolated from each
other and one control does not affect an-
other. High-level sources feeding into the
KT-600 are isolated from each other by
placing the input stereo function switeh
after V.. The output stereo function
switch comes after the plate followers

V.vu, V:m n,)-

A bridged-T network is employed in the
feedback loop of V,, to achieve a presence
rise. It should be clear that with the
presence control switehed off, there con-
tinues to be negative feedback, except that
now it is the same at all frequencies. This
is also true of the scratch filter in ¥,y
The presence control is designed to provide
about 5 db maximum boost at 2580 cps,
with a 2 db rise at 1000 eps, 5 db at 2000
cps, 5.5 db at 2500 cps, and 0 db at 5500
cps. Response was down 1.5 db at 10,000
eps and 2.5 db at 15,000 eps with the
presence switch on. With the serateh filter
on, attenuation measured 0.25 db at 1000
cps, 5 db at 5000 cps, 13.5 db at 10,000
eps, and 18.5 db at 15,000 eps.

The bass and treble controls employ
configuration based on the Baxendall cir-
cuit. They are designed to assure the user
of flat response when set to the 12 o'clock
position. One can turn each control about
15 deg. to either side of mid-setting with-
out affecting frequency response at the
extremes of the audio range more than 1
db. Maximum bass hoost and bass cut is
somewhat less—about 4 or 5 db—than
usually encountered; the reviewer meas-
ured maximum boost and cut of 13 db at
50 cps. The treble control covers more
nearly the usual range; at 15,000 cps, 16
db of boost and 20 db of cut were available.

The signal from Vs, is fed to the gain
control through a PLAY-MONITOR switch
when the latter is in the PLAY position.
With the switeh in MONITOR position, the
gain control is connected to the tape amp-
lifier input jack, permitting one to compare
the tape playbacE signal (from a machine
having separate record and playback heads)
with the’signal that is being recorded.

The play-monitor arrangement of the
KT-600 is unusual because it permits the
output of a tape amplifier to be connected
either directly to the gain coutrol or to
the selector switch; in the latter case, the
signal goes through all the stages and is
subject to the tone controls, ete. However,
this arrangement does raise the possibility
of a feedback loop when using certain tape
machines—those which have one head for
both record and playback, which employ
the same tape amplifier stages for both
modes of operation, and which do not dis-
connect the tape machine’s output jack
from these stages when the machine is in
the record mode. With the output of such
a tape recorder connected to the tape amp-
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lifier - inptt” jack¥oF " the “KT-600, if the

machine were in the record mode, and if
the KT-600's selector switch were acci-
dentally set to the tape amplifier position,
there would be a feedback loop fromn the
input jack of the KT-600 through stages
V.. and Vg, to the tape output jack, to
the input of the tape recorder, to the out-
put of the tape recorder, to the tape amp-
lifier input jack of the KT-600, and so on.
The result can be a growl, howl, or squeal.
This is one of the reviewer’s minor reser-
vations about the KT-600. The solution
might be to redesign the selector switeh to
disconnect the tape output jack from the
circuit when the switch is in the tape
amplifier position.

A more important question involving the
tape output jack of the KT-600 is its lo-
cation in the circuit. One of the dogmas of
high fidelity has been that the tape output
jack should appear prior to all frejuency-
shaping controls (bass, treble, filters) so
that the tape recording will have the same
frequency balance as the original signal.
However, as may be seen in Fig. 2, the
tape output jack of the KT-600 comes
after the frequency-shaping circuits. It
may well be that the dogma rather than
the KT-600 bears criticism. For the opti-
mum combination of high signal-to-noise
ratio and low distortion, a tape should be
recorded with proper frequency balance.
If highs and/or lows are excessive, inordi-
nate distortion may result, If highs and/
or lows are deficient, one is wasting signal-
to-noise ratio by *not recording these in
sufficient strength. In short, correct fre-
quency balance should be achieved hefore
putting the signal on tape rather than in
playback. The KT-600 permits one to do
s0. On the other hand, if one desires elec-
trically flat recording (same frequency
balance as the incoming signal), it is
merely necessary to set the bass and treble
controls to flat position and turn off the
rumble, presence, and scratch filters,

The loudness switch enables one to ob-
tain a relatively moderate amount of bass
boost at low settings of the gain control.
At 50 cps, the reviewer measured 2 db
boost with gain 10 db below maximum; 5
db at 20 db below maximuin; 10.5 db at 30
and 40 dh below maximum; 9.5 db at 50
db below maximum. These are rather small
amounts compared with loudness compen-
sation reaching as much as 25 or 30 db at
50 cps in some control amplifiers. On the
other hand, this minimizes the danger of
cxeessive boost, as sometimes happens with
the switched-type of gain-loudness control.
The total of about 23 db bass boost at 50
cps that can be achieved by setting the
bass control at maximum and turning om
the loudness switch should be sufficient in
the great majority of instances requiring
Fletcher-Munson compensation. The avail-
ability of individual level sets for each
high-level source and for the preamplifier
section makes it possible to obtain auto-
matic bass boost (with the loudness switeh
on) at the correct sound levels.

Performance

In evaluating a stereo preamp, we are
interested in its performance not omly in
the usual sense—with respect to frequency
response, distortion, signal to noise ratio,
and accuracy of equalization—but also in
terms of how well matched are the two
channels. On both counts the KT-600 is
essentially flawless, except for the tracking
error which occurs when the gain controls
are not locked at the same point of rota-
tion.

With gain full on and tone controls at
12 o'clock, frequency response over the 20
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to 30,000 cps range was between 0 and 1
db on both channels. With gain 6 db below
maximum, where high-frequency loss i
usually the greatest, response at 30,000 cps
was only 0.8 db down on one chamnel and
flat on the other.

IM distortion measured .08 per cent at
4 volts equivalent sine wave output on one
channel, and 0.1 per cent on the other.
Below 4 volts, IM could not be measured
on the reviewer's meter, which has a resid-
ual reading of about .06 per cent. At 10
volts, TM measured 0.3 per cent on one
channel and 0.5 per cent on the other.
Sinece 1 volt or less is apt to be enough to
drive most power amplifiers, the KT-600 i
highly unlikely to be a source of distortion
in an audio system.

Based on 1 volt input, signal-to-noise
ratio for high-level sources measured over
90 db. Even with the KT-600's gain con-
trol at maximum and using the most sensi-
tive scale of the reviewer's VTVM, the
pointer fell so far to the left as to prevent
a precise reading of noise. Based on the
customary 10 mv input for measurement
purposes, signal to noise ratio on the mag-
netic phono input was 64 db at 1000 cps.
More likely, 20 mv or more will be pro-
duced on peaks by most magnetic car-
tridges, so that in practice the signal to
noise ratio is apt to be 70 db or better. To
measure sighal-to-noise ratio for a con-
staut-amplitude pickup, a 1000-cps signal
of 0.5 volt was used, yielding a figure of
66 db. Based on 5 mv at 1000 eps into the
tape-head input, signal-to-noise ratio meas-
ured 55 db, which compares with the top
quality tape amplifiers. The excellent noise
characteristics of the KT-600, practically
identical on cach channel, are attributable
to the use of low-noise resistors in the
preamplifier stages, to the use of a pre-
mium grade of audio tube, to a d.c. heater
supply, to a hum-balancing pot in addition
(for cancelling 120-cps ripple), and to the
design and layout in general.

Sensitivity is high. For 1 volt output at
1000 eps, the KT-600 requires an input
signal, ns measured by the reviewer, of 93
mv on high-level inputs, 2.2 mv on mag-
netic phono input, 56 mv on constant-
amplitude phono input, and 1.8 mv on
tape head input. Requirements were just
about the same on each channel, whieh
differed a mere 0.2 db in sensitivity, in-
cluding the preamplifier stages.

V11, which converts Signal B to ~B for
phase reversal and null balancing, should
have zero gain. Actually, the reviewer
found that the B and -B signals differed
by about 0.5 db, which may be cousidered
negligible in view of the faet that even
the trained human ear cannot detect dif-
ferences below 1 db on single tones, or
below 2 db on program material.

Magnetic phono equalization was checked
only for the RIAA characteristic and
found very accurate. On one channel the
error was between 0.5 db and -0.3 db over
the 50-15,000 cps range; on the other,
between 1 and ~0.3 db.

Equalization for a constant amplitude
phono eartridge requires a certain amount
of bass cut and treble boost. Most ceramie
and crystal cartridges have built-in treble
boost, achieved through resonance, which
approximates the RIAA requirement.
Hence the equalization for a ceramic or
crystal pickup should provide only bass
cut and approximately flat treble response.
The KT-600 conforms to this principle.
For frequencies of equal magnitude fed
into the constant amplitude phono input,
bass cut measured within 1 db of the RTAA
requirement, while response between 1000
and 15,000 cps was flat within 3 db.
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a new tweeter that solves at least
three of your speaker problems!

SOUTH AMERICAN TROUPIAL BIRD PHOTOGRAPHED AT TREFFLICK'S, NEW YORK

the ‘ah!’* electrostatic transducer

A Combination Mid-Range and Super Tweeter

o The ‘ah!’, because of its revolutionary new construction gives clear, trans-
parent response on all frequencies from 600 cps to beyond the limit of audibility
and has none of the limitations of tonal coloration and cxaggerated peaks ford
in cone or piston type tweeters!

e The ‘ah!’, because of its omni-directional characteristics, offers tremendous
advantages in your stereo system. The ‘ah!’ enables you to space out speakers
to achieve the dramuatic effects associated with wide separation withount the
disturbing ‘‘hole-in-the-middle” caused by the directional characteristics of
eonventional speakers ... or by single-ended, high distortion. limited range
electrostatic speakers.

0 The ‘ah!” electrostatie transducer is superior in quality and performance to
speakers selling for almost twice as much, but, because of expert research

facilities and newly developed materials it is offered at an unprecedented low
price .

.only §49.95.

Nothing else to buy — R/C crossover network and
AC power supply are built in. 8 or 16 ohm L pad
may be added to attenuate tweeter, If desired.

GUARANTEED FOR FIVE FULL YEARS,
elements are practically indestructible.

*An American-made speaker — patent
applied for by COSMOS INDUSTRIES.

the ‘ah! electrostatic transducer can now be seen at

AT THESE ALLIED HIGN FIDELITY STORES

Voice & Vision Inc. Voice & Vision Inc.
921 N. Rush Sireet 7055 W. North Avenue
Chicago 11, lilinois 0Oak Park,_ 1ilinofs

See your local
high-tidelity
dealer.

HUDION RADIO

4% west 48th Street
Mew York City

LEONARD RADIO

59 Cortlandl Street
New York City

212 Fuiton Streel
New Tork City

35 william Street
Newark, New Jersey

HARVEY RADIO

103 West 43rd Streel
New York City

Al”!ﬂ High Fidelity Stores
2 Davis Streef
(nnslon Wiinois

| Atlied Radlo Corp,
l 100 N Weslemlv!nu!

Chicago. Hiinois
1959

Ever, |nen All.ed mln Fidelity Inc
2025 W.
CM:I(O llllnms

AUDIO e MAY,

WWW. atmeidsaasadioRhistery.com

15%"
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Mates easily and quickly to any speaker made
Frequency Response: Full flat, lifelike midrange
plus UHF coverage—600 cps to past the limit of
audibility. Rotl oft 6 ob/octave of speaker and
crossover network below 900 cps. Backwave
completely undamped.

Impedance: Designed to match 8 or 16 ohms
output of 15 to 50 watt amplifier.

Crossover: Self-contafned R/C crossover -net-
work; recommended crossover point between
650 to 850 cps. May be connected In parallel
directly across any low frequency woofer with-
out additional network.

Sound Dispersion: Full 180° coverage (front and
backwave) when speaker is mounted at least
6" from back wall

Distortion: Practically unmeasurable. Radiation
area is 62 sq. inches,

Polarizing Voltage: Fused currentiess 1000 volt
DC power supply. 110 volt AC power line.

Hand rubbed genuine walnut cabiret, other fin-
ishes available on special order.

= For complete information and

specifications write to:

COSHOS INDUSTRIES, INC

31-28 Queens Doulevard
Long Island City 1, New York

39


www.americanradiohistory.com

The KT-600 claims to provide “correct
NARTB tape playhack equalization.”
Assuming an “ideal” playback head,
namely one without treble losses, the
NARTB curve, using 1000 cps as a 0 db
reference, is +23 db at 50 cps, -7 db at
3180 eps, and 10 db at 15,000 eps. Based
on these eheck points, the tape head equali-
zation of the KT-600 measured about -3
db at 50 cps, +4 db at 3180 eps, and +7 db
at 15,000 cps on each channel. At first
there may seem to be excessive error in the
treble region. However, the designer of
the KT-600 has sought to allow for the
treble losses of the typical tape head;
NARTB equalization specifies that play-
back losses shall be compensated in play-
back. A typical head with a gap of .00025~
(intended for speeds of 7.5 ips and higher)
and eddy current losses may incrense these
figures by a db or two. Accordingly, what
theoretically has about 2.5 db loss at 10,000
cps and 5 db loss at 15,000 eps. Hysteresis
is in effect 7 db treble boost at 15,000 eps
tends to be in keeping with total NARTB
playback requirements, not merely  the
official playback curve. The designer has
stated to the reviewer that the curve of the
KT-600 was based upon test tapes contain-
ing NARTB recorded induction and upon
the playback heads of several tape ma-
chines in popular use:-For the audiofan de-
siring exact NARTB equalization, be ree-
ommends setting the treble control to 10
o’clock. The reviewer found that such a
setting brought the response charaecteristic
to within 1 db of the NARTB curve. In
addition, the 3-db loss at the bass end can
be overcome by setting the bass control to
about 1:30 o’clock.

The effects of the rumble filter, presence
control, scratch filter, and loudness switch
upon frequency response have already been
noted. It remains to say that in every in-
stance the two channels were matched
within .5 db of each other.

Crosstalk of the K'T-600 is rated at
“better than 55 db separation between
channels.” This apparently is a matter of
what frequencey one is talking about. At 50
cps, the reviewer measured 56 db separa-
tion; at 1000 cps, 49 db; -at 15,000 cps, 28
db. Inasmuch as anything in excess of 20
db is considered sufficient for full preser-
vation of the stereo effect, crosstalk should
be no problem.

Construction

Components and hardware are of the
quality one expects in a\{:jgh-gmde instru-
ment. The tubes, as previously remarked,
are all 7025’s, an improved: version of the
12AX7. For low noise, Yoth triodes of the
preamplifier (in each channel) employ
deposited metal film resistors in the plate
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Fig. 3. Above-

chassis  view of

the Lofayette KT-
600.

and cathode circuits; these resistors are
about ten times as costly as the ordinary
molded carbon ones and about three times
as expensive as the deposited earbon kind
frequently employed in home audio equip-
ment for noise reduction. For aceurate
equalization and control of gain, 5 per
cent tolerance resistors are generously
used. A large percentage of the capacitors
are mica with a-tolerance of 5 per cent or
ceramic with a tolerance of 5 per cent or
10 per cent. The only component that gave
the reviewer trouble was a noisy cathode
resistor—a deposited metal film one at
that—in ome of the preamplifier stages.
This is a rare occurrence for the deposited
metal film type. It is interesting to note
that signal-to-noise ratio was reduced about
20 db by the offending part. A temporary
1-watt resistor of the conventional type—
while awaiting a replacement low-noise
resistor from Lafayette—recaptured about
14 db of the 20-db loss.

Locating lugs on all switches and con-
trols eliminates the problem of correct
orientation of these parts, particularly in
the ease of tone controls, where it is desir-
able that 12 o'clock setting shall corres-
pond to flat response. The chassis and re-
lated hardware are sturdy and fit properly.
The top cover and front pauel come to-
gether snugly, without the gaps that some-
times betray home-assembled equipment,
The front panel is essentially attractive,
although one observer remarked that the
knobs could be more eye-appealing.

Although a lengthy project, the KT-600
is not a difficult one. Assemhly instructions
and pictorials are clear, and the reviewer
found no errors in them. Figures 3 and 4

are above- and below-chassis views of the
completed unit. Such errors as previously
existed were corrected by addenda sup-
plied with the construction manual. When
the reviewer completed the assembly, the
unit operated as it is supposed to do, with
the exception of the noisy resistor. The
only error he found in the manual was the
statement on page 71 that the inner knobs
on the front panel control Channel A.
Actually, the outer knobs do so.

Because of the large number of assembly
steps, the statistical probability of error
is natwrally greater than in a simple kit.

Therefore the constructor is advised to-

‘proceed at a cautious pace and to recheek
his work ‘after every ten steps or so. If-the
amplifier fails to work properly, Lafayette,
like other reputable kit manufacturers,
stands ready to put the unit to rights at a
standard service charge, provided that the
constructor has followed instructions with
respeet to wiring and type of solder. Lead
dress, as shown in the pictorials and photo-
graphs, should be followed religiously; a
good many enginecering hours have been
devoted to this aspect of the kit in order
to minimize hum, crosstalk, and the possi-
bility of oscillation due to feedback (after
all, there are 180 db of potential gain in
Channel A and 210 db in Channel B.
counting the phase inverter).

There is no excuse for using the wrong
kind of solder, because Lafayette supplies
an ample quantity of the best kind, 60-40,
with the kit.

Good soldering technique is very im-
portant to successful assembly and opera-
tion of the KT-600. The neophyte should
read the manual’s instructions carefully in
this respect and practice for a while before
going to work on the kit. Excessive solder
flow should be avoided on printed circuit
board connections lest solder bridges form
between adjacent printed leads, whieh
often run very eclose together. A low-wat-
tage iron with a small tip is advisable;
also, it avoids possible damage to the
board through excessive heat. The reviewer
did his soldering with a pencil iron, using
a 23% watt tip most of the time. When
soldering connections to ground or when
soldering a group of leads to one lug—
situations that quickly drain the heat from
the iron—he switched to a 37% watt tip,
which provided ample heat in all ecircum-
stances. When soldering on the printed
circuit board has been completed, it should
be cleaned with a brush and one of the
fluids recommended by Lafayette in order
to avoid signal leakage due to rosin flow.

(Continued on page 59)

Fig. 4. Below-
chassis  view of
the KT-600 Stereo
Control Amplifier.
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Friatarone b e

The Dream Amplifier

Hum and Noise: Only 1/1000th of 1% of full rated output!
IM Distortion: Less than 0.08% (European CCIR standards.)

THE FISHER S4-300

Laboratory Standard Stereophonic

60-Watt Amplifier

Only FISHER could have produced so unique an instrument,
and at such moderate cost. The SA-300 will match any existing

Hum and noise content less speaker, and supply the distortion-free power all speakers
than 0.00001 part of full rated require for optimum results. When using low-efficiency, high-
output {1/1000ch of 1%! } compliance systems, the SA-300 is an absolute prerequisite for

Distortion-free audio power professional sound reproduction! With this amazing instru-
at ALL listening levels, Less ment, even your choice of enclosures is less critical. The SA=300

than 01.1% harmonic distortion

Wt fodl sated ouipnst actually permits you to obtain the damping factor your system

requires! Complementing this FISHER exclusive is still an-

Optimum fidelity with ALL other — TWO inputs for each channel (one for standard re-
existing speakers, BOTH low- sponse, and one with controlled frequency response to improve
efficiency and high! Uniform high frequency reproduction!) The dream amplifier has, in-
response from 20 to 20,000 cps, deed, become a reality. This is it! $169.50

within 40 and —0.5 db.

Slightly Higher in the Far West

WRITE TODAY FOR COMPLETE SPECIFICATIONS

FISHER RADIO CORPORATION + 21.29 44th DRIVE - LONG ISLAND CITY 1.N. Y.

Export: Morhan Exporting Corp., 458 Broadway, New Yark 13, N. Y.
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Standard Methods of

Measurements for Tuners

The complete text of IHFM-T-100, adopted in December, 1958

1.00 Introduction

Present-day high fidelity tuners vary
considerably in their ‘manher of operation.
It is difficult to.set- down a single test
procedure for eath fundamental character-
istic and have the procedure include all the
allowances that should be made for peculi-
arities of different sets.

Reference is made to the following IRE
Standards.

Standard on Radio Reeccivers, Methods
of Testing Frequency Modulation Broad-
cast Receivers, 1947, and Supplements.

Standards on Radio Receivers, Methods
of Testing Amplitude Modulation Broad-
cast Receivers, 1948, and Supplements.
]ggnndnrds 56 IRE 2781 and 51 IRE

781.

2.00 Definitions of Terms, FM

2.01 Standard Test Frequencies

The standard group of three earrier fre-
quencies for testing is 90, 98, and 106
megacyeles. The standard mean earrier
frequency, for use when measurements are
to be made at a single frequency only, is
98 megacycles.

2.02 Test Input Signals

Input signal intensities are expressed in
terms of input voltage measured in micro-
volts across a dummy load of 300 ohms
when supplied by a generator of internal
impedance of 300 ohms, See Figs. 1, 2 and
3.

2.03 Standard Test Modulation

Standard Test Modulation in tests on
frequency modulation tuners refers to a
signal that is frequency modulated at 400
eps with a deviation of 100% of maximum
system deviation. In this standard, maxi-
nwum rated system deviation is taken as 75
kilocyeles.

2.04 Usable Sensitivity Test Input

The usable sensitivity test input is the
least 100%-modulated signal input which,
when applied to the receiver through the
standard 300-ohm dummy antenna and the
audio voltmeter connected through a 400-
eps null filter, reduces the total internal
receiver noise and distortion to the point

IN TWO PARTS—PART 1

STANDARD
FM SIGNAL 2
GENERATOR

300 ohms — 2

STANDARD 300-chm
UNBALANCED
DUMMY ANTENNA
O

ANTENNA
O

FM RECEIVER WITH
UNBALANCED
ANTENNA INPUT

(o]

GROUND

—

-0
GROUND

Fig. 1. Standard 300-ohm balanced dummy antenna and method of connection.

where the output rises 30 decibels when the
400-cps null filter is removed from the
audio voltmeter cifcuit. It is expressed in
mierovolts. The results are to be given in
X microvolts for 30 db usable sensitivity.

2.05 Standard Test Outpul, Reference

Level

The standard test output is 1 volt with
the tuner operating into a load of 500,000
oluns shunted by 500 puf (see also section
8.01). This is a reference voltage only.

2.06 Standard 800-ohm Dummy Antenna

For tuners with a balanced input, the
standard 300-ohm anteuna comprises a
pair of resistors, one conneeted in series
with each terminal of the signal generator,
of such value that the total fImpedance
between the terminals including the signal
generator is 300 ohms. For tuners with an
unbalanced input, the standard 300-ohm
antenna comprises a single resistor con-
nected in series with the energized terminal
of the signal generator of such value that
the total impedance between the antenua
terminal and ground including the signal
generator is 300 ohms. It is intended to
simulate the mean value of the impedance
of a typieal transmission line connected to
an antenna, See Figs. 1 and 2. For those
tests requiring the use of two signal genm-
crators see Figs. 4 and 5.

2.07 Standard De-Emphasis Character-

islic

The standard de-emphasis characteristic
has a falling response with modulation
frequency the inverse of the standard pre-
emphasis characteristic equivalent to that
provided by a simple circuit having a time

150 ohes — Z ANTENNA
o R
STANDARD
FM SIGNAL z STANDARD 300-ohm o o :‘,ﬁx‘c'm
GENERATOR BALANCED RYATY
DUMMY ANTENNA ANTENNA INPUT
GROUND 150 ohms ANTENNA

Fig. 2. Standard 300-ohm unbalanced dummy antenna and method of connection.
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constant of 75 microseconds. The standard
de-emphasis characteristic is usually in-
eorporated in the audio circuits of the
tuner.

2.08 Frequency Deviation

Frequency deviation is the difference
between the instantaneous frequency of the
modulated wave and the carrier frequency.

2.09 Mazimum System Deviation

Maximum system deviation is the great-
est deviation specified in the operation of
the system. It is expressed in kiloeyeles. In
the case of frequency-modulation broadeast
systems in the range from 88 to 108 megn-
eyeles the maximum system deviation is 75
kiloeycles.

3.00 Definition of Terms, AM

3.01 Standard Test Frequencies

The standard group of three carrier fre-
quencies for testing is 600, 1000, and 1400
kilocyeles. The standard mean carrier fre-
queney for use when measurements are to
be made at a single frequency only is 1000
kilocyeles.

3.02 Test Input Signals

Antenna input voltages are to be meas-
ured in mierovolts. Loop antenna input
field intensities are to be measured in
mierovolts per meter.

3.03 Standard Test Modulation

Unless otherwise specified, standard test
modulation is an amplitude modulation at
30% at a rate of 400 cps and applied to
the receiver through a standard dummy
antenna or through a standard loop gen-
erating a field of known intensity at the
location of the loop antenna of the re-
ceiver.

3.04 Usable Sensitivity Test Input

The usable sensitivity test input is the
least 30%-modulated signal input which.
when applied to the receiver through the
standard dummy antenna and the audio
voltmeter connected through a 400-cps null
filter, reduces the internal receiver noise
and distortion to the point where the out-
put rises 20 db when the 400-cps null filter
is removed from the audio voltmeter
cireuit. The results are to be given in X
microvolts for 20 db usable sensitivity.
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STANDARD © ° ° VOLTMETER
FM SIGNAL STANDARD 300-0hm 300-ohm
DUMMY ANTENNA INPUT IMPEDANCE
GENERATOR
(DUMMY LOAD)
(o2 O O

Fig. 3. Method of measurement of input signal intensities and method of connection.

3.05 Standard Test Output

See 2.05 above,

3.06 Standard Dummy Antenna

A standard antenna is taken as an open
single wire antenna (including the lead
wire) having an effective height of 4
meters. A dummy antenna which closely
approximates such an actual antenna over
the frequency range of 540 to 1600 kilo-
cycles is a capacitor of 200 ppuf.

at least twice the rated system deviation.
The generator shall provide a frequency-
modulated signal at 400 cps with less than
2% distortion at rated system deviation,
Generator frequency deviation shall be
calibrated to an accuracy of 5%. Residual
noise and hum shall be at least 60 db below
rated system deviation.
5.02 AM Signal Generator

An amplitude-modulated signal generator

300 ohms — Z ANTENNA
STANDARD —O O
FM SIGNAL FM RECEIVER
GENERATOR zZ) § WITH BALANCED
150 ohms GROUND  ANTENNA INPUT|
n O O
O WM -O
GROUND| ANTENNA
300 ohms - 22}
STANDARD O——www
STANDARD 300-ohm|
FM SIGNAL SAUANGCED
(LG Z DUMMY ANTENNA
[}] FOR
-O— two-GENERATOR
GROUND TESTS

Fig. 4, Standard 300-ohm balanced dummy antenna for two-generator tests. Gen-
erator open-circuit voltage must be increased 2x over connection of Fig. 1 for same
input signal intensities.

4.00 Operating Conditions

4.01 Power Connections

The normal test voltage is 117 volts root
mean square, 60 cps, with less than 2%
harmonie distortion. One side of the power
input to the tuner is to be grounded.

4.02 Shields and Covers

Shields and covers are to be in plaee and
securely fastened.

4.08 Electron Tubes and Semi-Conductors

The clectron tubes and semi-conduetors
shall have standard rated values for those
eharacteristies which most affect the per-
formance of the tuner.

5.00 Requirements and Character’stics
of Testing Apparatus

5.01 FM Signal Generator

A frequency-modulated signal generator
is required for testing of frequency-modu-
Iation tuners.

The signal generator shall cover at least
the enrrier-frequency range from 88 to 108
megaceyeles,

The generator output shall be controlle?
by a ealibrated attenuator and the output
shall be adjustable over a range of at
least 1 miecrovolt to 100,000 microvolts.
The output meter and the attenuator of the
signal generator shall indicate the open-
eircuit voltage at the terminals, The gen-
erator shall be capable of being frequency
modulated at rates from 30 to at least
15,000 eps and at deviations from zero to
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is required for testing amplitude-modula-
tion tuners.

The signal generator shall cover at least
the carrier-frequency range from 540 to
1600 ke. The generator output shall be
controlled by a calibrated attenuator and
the ontput shall be adjustable over n range
of at least 1 mierovolt to 100,000 miecro-
volts, The output meter and the attenuator
of the signal generator shall indicate the
open-circuit voltage at the terminals and

the internal impedance shall be negligible
compared to the standard AM dummy an.
tenna. The generator shall be capable of
being amplitude modulated at rates from
30 to at least 15,000 eps. The generator
shall provide an amplitude-modulated sig-
nal at 400 eps and be capable of being
modulated in amplitude up to the required
modulation percentage for the individual
test with less than 2% distortion. Residual
noise and hum shall be at least 40 db below
30% modulation.

3.03 Output Meter

A vacuum-tube voltmeter is required for
testing of high fidelity tuners.

The vacuum-tube voltmeter shall cover a
frequeney range of at least 20 to 20,000
eps with less than 1 db error. It shall
possess average rectifying characteristies,
The output meter shall be capable of meas-
uring over a dynamic range of at least 60
db,

3.04 Audio Generalor

An audio generator is required for mod-
ulating the signal generators.

The audio generator shall be capable of
modulating the signal generator to at least
full system deviation or up to the required
amplitude-modulation percentage for the
individual test. The distortion of this gen-
erator shall be less than 1%.

5.05 Distortion Meter

A distortion meter is required for testing
of high fidelity tuners.

The distortion meter shall be capable of
measuring distortion over a frequency
range from 30 to 15,000 cps. It shall be
capahle of measuring either total distortion
or the amplitude of each frequency com-
ponent.

6.00 Test Procedures, FM

6.01 Normal Control Sellings

Unless otherwise specified, all controls
on the tuner shall be set to their normal
settings. The volume or level control shall
be set to the position of maximum audio
output (see also section 8.01), The auto-
matie frequency control shall be set to the
condition of minimum frequency control.
The squeleh control shall he set to the
condition of maximum senmsitivity, provid-
ing least suppression of tuner noise. All
other controls affecting audio frequeney
response shall he set to the condition of
flattest frequency response as indicated by
panel markings.

6.02 Tuning Control

A tuner for frequency-modulated waves
is tuned accurately to a desired signal
when the tuning indicator shows correct
tuning. The tuning is to be performed at

600 ohms — Z) ANTENNA
STANDARD O
FM SIGNAL FM RECEIVER WITH
GENERATOR ) UNBALANCED
i ANTENNA INPUT
O~ O-
GROUND GROUND
600 ohms —Z5
STANDARD D 0, AW
FM SIGNAL STANDARD 300~chm
GENERATOR 2z UNBALANCED
' DUMMY ANTENNA
? ™ GEgElAYOR
0 0-
GROUND TESTS

Fig. 5. Standard 300-ohm unbalanced dummy antenna for two-generator tests. Gen-
erator open-circuit voltage must be increased 2x oevr connection of Fig. 2 for same
input signal intensities.
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a signal level corresponding to the test
input for 30 db usable sensitivity.

If a tuning position different from the
one above is found giving minimum unde-
sired noise, the frequency difference shall
be stated. If no tuning indicator is in-
corporated in the tuner or if no usahle
indication is obtained, minimuin undesired
noise shall indicate proper tuning. A third
possible tuning position mav be found at
which the harmonic distortion of the de-
modulated desired signnl is a minimum.
In this case, the frequency difference shall
be stated.

6.08 Performance Tests

The performance of an FM tuner is de-
termined by measurement of the several
individual charaecteristics. The foregoing
sections have specified the setup of meas-
uring apparatus and the tuner under test;
in addition, it is necessary to follow
standardized test procedures in order that
mensurements made in different labora-
tories will be comparable. These test pro-
cedures serve to.measure the individual
characteristies of the receiver.

6.03.01 Tuning Range and Frequency

Calibration

The tuner tuning control is set for
the respective minimum and maximum
earrier frequencies in each tuming range
which the tuner is capable of receiving
with normal operation. At each setting, the
signal generator is tuned to the resomant
frequnency of the receiver and the earrier
frequency recorded. This procedure may be
extended to obtain a frequeney calibration
of the dial, if this is required. If an error
in frequeney calibration is fovnd, the
maximum error in megacycles shall be
stated.

6.03.02 Usable Sensitivity

This test is performed at each of the
standard test frequencies with the signal
generator connected to the tuner under
test through the standard 300-ohm dummy
antenna. The signal generator shall be
frequency modulated with standard test
modulation. The controls of the tuner shall
be set to the normal control settings. The
signal intensity shall then be reduced to
the least value which will produce a 30-db
rise in indicated output with standard test
modulation as ecompared with the indicated
output with standard test modulation
measured through a 400-cps null filter. This
test serves to indieate the relative freedom
of the tuner from objectionable internal
receiver noise during pauses in modulation
when receiver noise is least likely to be
masked by modulation. This test also
serves to indicate the relative freedom of
the tuner from objectionable distortion
during periods of maximum modulation.

The results are expressed in miecro-
volts.

6.03.03 Volume Sensitivity

This test is performed at each of the
standard test frequencies with the signal
generator connected to the tumer under
test through the standard 300-ohm dummy
antenna, The signal generator shall be
frequency modulated with standard test
modulation. The signal generator shall be
adjusted for an output of 100,000 micro-
volts, The output voltage of the tuner
shall he recorded in decibels with respect to
1 volt. Then, the signal generator output
shall be reduced to a wvalue at whieh the
audio output of the tuner has been reduced
by 20 db.

The results of the volume sensitivity
test are expressed in microvolts.

The rated sensitivity of a tuner shall
be equal to the highest number of miero-
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volts obtained in all tests of sections
6.03.02 and 6.03.03 with the controls set to
their normal settings.

6.03.04 Capture Ratio Test

This test is intended to show the
effect of an interfering signal of the same
frequency as the desired signal, and in-
cludes the inherent effect of the detector,
the limiter, and the automatic volume
control.

Two signal gemerators are required,
only one of which need be capable of
frequency modulation. The outputs of both
are applied simultaneously to the reeeiver
under test at the mean carrier frequency
of 98 megacycles (see Figs. 4 and 5). The
tuner controls are set to the normal control
settings. With the desired signal frequency
having 100% modulation at a 400 cps rate
and an intensity equal to the test input
giving-30 db usable sensitivity, the output
control of the unmodulated signal genera-
tor is advanced until the audio outpnt has
fallen by 1 db. This value is to be re-
corded. Then the output control of the un-
modulated signal generator is advanced
further until the audio ontput of the tuner
has fallen a total of 30 db. This value is
again recorded.

The ratio of the two values recorded is
to be converted to deeibels, and the number
of decibels is to be divided by 2. This last
number is defined as the capture ratio for
100% modulation. It gives the ratio of
desired to undesired signal required for
30-db suppression of the undesired signal.

The same test is repeated but with
30% modulation. The results will be the
capture ratio for 30% modulation.

These tests shall be repeated at input
levels of the desired signal in steps of 20
db above signal level of the previous tests.

The rated capture ratio shall be the
highest number of decibels measured with
the 100%-modulated signal generator set
to produce a 1000-microvolt input into the
tuner at each of the standard earrier fre-
quencies.

6.03.05 Selectivity Test

This test is intended to show the effect
of an interfering signal differing in fre-
quency from the desired signal, and in-
cludes the inherent effect of the selective
circuits, the limiter, the automatic volume
control, and the detector, This test is
useful in deseribing adjacent-channel and
second-channel interference.

Test conditions are the same ns those
described in Section 6.03.04 except that the
interfering signal generator is separated
in frequency from the desired signal by
one standard channel separation (200 ke).
The desired signal, unmodulated, is applied
at the value providing 30 db usable sensi-
tivity and the output of the receiver is
recorded as the level of the interfering
signal, frequency modulated with 100%
modulation, 400-eps rate, is varied from
zero to a value corresponding to an output
30 db below the output obtained with 100%
modulation.

The output voltages of both signal
generators are recorded dnd the ratio of
both voltages is expressed in decibels. The
result is the 100%-moduldé¥en adjacent-
channel selectivity.

The iest is repeated with 30% modn-
lation and the result is the 30%-modula-
tion adjacent-channel selectivity.

The above tests are repeated with the
interfering signal separated from the de
sired signal by twice standard channel
separation (400 ke). The results are the
100%- and 30%-modulation alternate-
channel selectivity.
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These tests are repeated with the de-
sired signal increased in steps of 20 db.
The rated selectivity shall be the 100%-
modulation alternate-channel selectivity
with a desired input of 100 microvolts at
the standard mean carrier frequency.

6.03.06 Amplitude Modulation

Suppression Test

This test measures the suppression of
amplitude modulation which may be pres-
ent in a frequency-modulated signal. It is
carried out at the standard mean earrier
frequency. The frequency modulation is at
a 400-cps rate with a deviation of 100%
of maximum system deviation. A signal 10
db higher than the value giving 30 db
usable sensitivity is applied to the tumer
in the usual manner. The output voltage of
the tuner is recorded and a 400-cps rejec-
tion filter is inserted between the omtput
of the tuner and the meter. The input
signal is then amplitude-modulated at 30%
modulation with frequencies between 30
and 15,000 ¢ps. The intensity of the unde-
sired output of the tumer is measured and

_is expressed in decibels below the normal

output obtained above.

The rated amplitude suppression is
the ratio of the undesired output to the
output with standard test wmodulation
when the amplitude modulation is at 1000
cps.

The above tests are to be repeated at
input voltages in steps of 20 db above the
main and initial test.

It should be assured that no incidental
frequency modulation be obtained when
the signal generator is amplitude modu-
lated. It may be desirable to use an ampli-
tude modulator connected in the output
lead of the signal generator.

6.03.07 Frequency Response

This test shows the manner in which
the audio output of a tuner depends on the
modulating frequency. It takes into account
all the characteristics of the tuner. The
tuner is tuned to a signal at standard
mean carrier frequency and a signal level
of 1000 microvolts, frequency modulated
with standard test modulation. The tumer
output is measured with all tuner controls
set to the normal control settings. The
output variation is observed while the
modulation frequency is varied continu-
ously from 30 to 15,000 eps. The results
are to be compared to the response of the
standard de-emphasis network and are to
be expressed in db in reference to the
400-cps output.

It may be desirable to repeat these
measurements with 30% system deviation
and at input signals in steps of 20 db
above the previously used input signal. If
the results are plotted, semi-logarithmic
paper shall be used and a 20-db change on
the ordinate shall correspond in length to
one decade of frequency variation on the
abseissa.

If the frequency response changes
with the volume control setting, this test
should be repeated at selected attenuations
differing in steps of 10 db from the posi-
tion of maximum output.

6.03.08 Distortion

The test is intended to evaluate the
spurious audio-frequency components which
appear in the audio output ‘of the tuner
during normal operation. Care shall be
taken to avoid appreciable harmonic dis-
tortion occurring in any part of the signal-
generating equipment or in the output-
measuring circuit. Distortion-measuring
equipment is required in the output circuit
which shall not appreciably affect the
output load conditions. This equipment
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may measure each frequency component
individually or may measure all frequency
components collectively. The proper tun-
ing of the tuner is important in making
distortion tests. For this test only, proper
tuning is indicated by a minimum reading
of the distortion meter. No one complete
set of conditions can be preseribed for this
test because distortion depends on so many
details of tuner design and operating
conditions. Distortion is caused by over-
loading and by many other phenomena and
is present under various operating condi-
tions, especially at high degrees of modu-
lation. The following series of tests is in-
tended to show the effect of operating
parameters on distortion.

(a) Variation of Output
The receiver is tuned to the stand-
ard mean carrier frequency ahd- a
1000-wierovolt signal with standard
test modulation is applied. The
harmonie distortion is noted as the
output of the receiver is varicd by
means of the volume control.

(b) Variation of Modulation
At the standard mean carrier fre-
quency with the above signal input
and a 400-cps modulating signal, the
modulation is varied from a devia-
tion of 10% to 100% of maximum
rated system deviation and the dis-
tortion observed. The volume control
is left in its maximum position.

(¢) Variation of Input Signal
The distortion is recorded as the sig-
nal input level at the standard mean
carrier frequency, deviated at 400
cps, is varied. The test is made at
both 30% and 100% of maximum
rated system deviation. The distor-
tion shall be recorded as the signal
input is varied over the entire range
of input voltages in steps of 20 db
starting with an input corresponding
to 30 db usable sensitivity. This
test indicates distortion due to in-
adequate bandwidth. .

(d) Variation of Modulation Fre-

quency

To disclose the effect of the modu-
lation frequency on distortion, tests
in Paragraphs (a) and (b) shall be
repeated at several modulation fre-
quencies throughout the audio-fre-
quency range. The maximum modu-
lation frequency at which harmonic
distortion can be detected by this
method is one-half the maximum
frequency which can appear in the
output.

In making distortion tests at the
higher frequencies, special apparatus and
special test methods (such as simultaneous
application of two modulating tones) are
required.

Harmonic distortion measurements are
useful and significant up to modulation
frequencies of approximately 1000 cps. At
higher frequencies the de-emphasis charae-
teristic of the tuner will attenuate the
higher distortion products severely and will
give rise to considcrable errors in measure-
ment.

Measurement of distortion at the
higher modulation frequencies will show up
deficiencies such as caused by inadequate
bandwidth or phase shift of the selective
circuits in the tuner, or an inadequate
limiter or detector.- Here the distortion
product of most interest is the differeneg
tone obtained when the carrier is ‘modu-
lated by two audio frequency signals differ-
ing by less than 500 cps. T

Here the signal generator is modu-
lated to identical deviations by the two
different audio-frequency signals and the
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;On patio or parade ground...
for home or commercial use...
there’s a University
weatherproof ‘LC’ —~———
speaker system
designed to give you
clean, wide-range =
high fidelity sound MODEL MLC

MODEL WLC

MODEL BLC

Only University gives you a choice of three genuine

dual-range speakers (with separately driven woofer and tweeter)
to cover any area you desire . . . wide or narrow, shallow

or deep. Leave in place rain or shine, season after season. ..
confident of their rugged dependability.

.MODEL MLC — Compact, economical, exceptionally smooth tonal quality.
Simply hook up to amplifier, phonograph, radio, or even TV.

One-piece fiberglas reinforced polyester horn. 150-15,000 cps. 8 ohms.

15 watts. 12% " X 9% x 10%" deep. Shpg. wt., 10 lbs. User net: $34.50.

MODEL BLC — Meets the highest standards of the connoisseur. All metal
construction. 70-15,000 cps. 8 chms. 25 watts. Diameter: 22%"”
Depth: 9%". Shpg. wt., 21 Ibs. User net: $58.70.
MODEL WLC — Finest outdoor system made. For full-bodied
‘sound at higher output levels. All metal construction.
50-15,000 cps. 8 ohms. 30 watts. Diameter: 33%".
. Depth: 20”. Shpg. wt., 72 lbs. User net: $150.00.
For complete details, write for brochure.
Desk R-1, University Loudspeakers, Inc.,
. 80 South Ke‘r}sico Ave., White Plains, N. Y.
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RTINS
ACOStereo

JVBEST BUY!

says leading consumer research publication

Most important
of all, “Best Buy” means
BEST LISTENING — at low cost. The

Duotone non-magnetic stereo cartridge is
the vital link between the promise of stereo
recording and your ultimate enjoyment of glorious
full-dimensional sound. Budget-priced but not
budget-minded, the Ductone cartridge delivers
highest output, perfect compliance hum-free perform-
ance and here’s a Duotone bonus: lowest replacement
cost of diamond-sapphire stylus.

Write for complete dota and specifications.

Manulacturers of the World's Finest Phonograph Needies

: . \\\\&\\ COMPANY, Inc.
LOCUST STREET s  KEYPORT, N.J.

WWW amerazanadieohietary com

arithmetic sum of hoth deviations is re-

corded as the signal deviation. This total
deviation shall he 30% and 100%. The
level of the difference tone between the
two frequencies is meusured in the audio
output of the tuner and its value is re-
corded in decibels below 30% and 100%
rated system deviation at 400 e¢ps.

The rated harmonie distortion of the
tuner shall he the pereentage of distortion
measured with the signal generator modu-
lated to sull system deviation at 400 cps.
the reeeiver tuncd to the standard mean
cirrier frequencey, and the signal generator
set to produce a 1000-microvolt input into
the tuner.

The rated intermodulation distortion
of the tuner shuall be measured at the same
inpnt level and signal frequeney as above

[ and the total instantaneous maximum sys-

tem deviation shall be 100% with the sig-
nal generator modulated with two signals
of identical amplitude and frequencies of
15,000 and 14,600 cycles per second. The
400-cps ontput of the tuner shall he meas
ured and shall be expressed in per cent of
the ontput of the tuner obtained with 400
eps at rated system deviation,

(To he Continued
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