IRE

ransactions
on AUDIO

Volume AU-9 JANUARY-FEBRUARY, 1961 Number 1

Published Bi-Monthiy

TABLE OF CONTENTS

The Editor's Corner. . .. . . ... Marvin Camras 1
PGA News........ R o . . o 2
CONTRIBUTIONS
Hall Effect Wattmeters. ... .......... . R .D. P. Kanellakos, R. P. Schuck,and A. C. Todd 5
The Effects of Track Width in Magnetic Recording. ... ... ............ ..... P. F. Eldridge and A. Baaba 10
Theory of Motional Feedback .. .. ... ... ... ... ... ... .. ....... ... .. .. ... ....... Egbert de Boer 15
A Stereophonic Transistor Preamplifier. .. ... ... .. ... .. . .. .. A e Werner Steiger 22
Polarity, Phase and Geometry.... ... ... . .. . Paul W. Klipsch 25
CORRESPONDENCE
Modification of the Magnecard Professional Tape Recorder........ . . . . coviiiiiioo....John D. Harmer 29
Contributors. ... ... .. e e . . 32

PUBLISHED BY THE

Professional Group on Audio




IRE PROFESSIONAL GROUP ON AUDIO

The Professional Group on Audio is an organization, within the framework of the IRE,
of members with principal professional interest in Audio Technology. All members of
the IRE are eligible for membership in the Group and will receive all Group publications
upon payment of an annual fee of $2.00.

Administrative Committee for 1960-1961
H. S. KnowLEs, Chairman
Knowles Electronics, Franklin Park, 1l

P. C. GoLDMARK, Vice Chairman B. B. BAUER, Secretary-Treasurer
CBS Laboratories CBS Laboratories
Stamford, Conn. Stamford, Conn.

R. W. Benson M. S. CORRINGTON
Armour Research Foundation RCA Defense Elec. Prod. Div.
Chicago 16, Il Camden, N.J.

A. B. BERESKIN C. M. Harris
University of Cincinnati Columbia University
Cincinnati 21, Chio New York 25, N.Y.

M. CaMRaAs J. K. HiLLiArD
Armour Research Foundation Altec Lansing Corporation
Chicago 16, 111 Anaheim, Calif.

M. CorEL J. R. MacpoNALD
156 Olive St. Texas Instruments, Inc.
Huntington, L.I., N.Y. Dallas 9, Texas

IRE TRANSACTIONS® ON AUDIO
Published by The Institute of Radio Engineers, Inc., for the Professional Group on
Audio, at 1 East 79th Street, New York 21, N.Y. Responsibility for the contents rests
upon the authors, and not upon the IRE, the Group, or its members. Individual copies

of this issue and all available back issues may be purchased at the following prices:
IRE members (one copy) $2.25, libraries and colleges $3.25, all others $4.50.

Editorial Committee

Marvin CaMRras, Editor
Armour Research Foundation, Chicago 16, IlL.

B. B Baurr D. W. MaRTIN
CBS Laboratories The Baldwin Piano Co.
Stamford, Conn. Cincinnati 2, Ohio

A. B. BERESKIN J. R. MacpoNALD
University of Cincinnati Texas Instruments, Inc.
Cincinnati 21, Ohio Dallas 9, Texas

P. B. WiLLiAMS
Jensen Manufacturing Co.
Chicago 38, Il

CopyricHT © 1961—THE INsTITUTE OF RaDIo ENcINEERS, INC.
Printed in U.S.A.

All rights, including translations, are reserved by the IRE. Requests for republication privileges
should be addressed to the Institute of Radio Engineers, 1 E. 79th Street, New York 21, N.Y.




1961

The Editor’s Corner

NOISE AND OTHER RANDOM PHENOMENA

ONG ago in a far away kingdom, his majesty was

L enjoying music from the royal stereo high-fi rig.

In the middle of his favorite aria a crackling noise

came out of the high-range super-tweeter, spoiling the
whole program.

The king mentioned this annovance informally at the
following cabinet meeting and was surprised at the re-
action. The minister of education said it was a sign of
technical incompetence caused by antiquated teaching
methods, underpaid instructors, and inadequate facili-
ties which should be cured by government aid.

The minister of defense thought that it was a new
form of “jamming” developed by enemy nations, and
pointed out the need for an early warning radar screen,
and a deterrent retaliatory force.

The minister of security suspected internal sabotage
which should be held in check by more investigating
committees.

The minister of commerce insisted that it would not
have happened if adequate aid had been given to small
business, to depressed areas, and to expanding the gross
national product.

The minister of labor said that it was a manifestation
of insecurity of the working force which could be reme-
died by fringe benefits and higher salaries.

The minister of health observed that we would need
healthier taxpayers to finance the expanded budget.

These viewpoints made the king realize that what he
needed was short-term help. He remembered his one
year or 12,000 mile guarantee, and made this known to
the president of the Stereo Atomic Space Automated
High-Fi Company.

The president thought the fault lay in too low a pro-
tective tariff against cheap foreign sets. Nevertheless he
assigned the problem to his vice president of engineer-
ing. The vice president muttered something about more
basic research and that he needed new laboratories. But
perhaps a brainstorming session would help, so he or-
ganized a meeting of his chief scientists.

The theoretical physicist said that since this was a
noise problem, it required a general analysis of the sta-
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tistical distribution of random phenomena, and infor-
mation theory.

Another physicist thought that it could be set up on
a computer, but he needed a larger one having solid-
state electronics and thin film cryogenics.

The experimental physicist said it could be cured with
masers, parametric amplifiers, and perhaps the Moss-
bauer effect could be worked in somehow.

The chief engineer said that their company’s prod-
uct was antiquated and should be ruggedized, transis-
torized, and miniaturized, preferably with molecular
electronics and topology included.

Working staff members were called in, and had a con-
ference of their own. The group leader maintained that
in order to carry on any meaningful tests they needed a
field free room with acoustic absorbing wedges, octave
band noise analyzers, and automatic curve tracing
equipment.

The design engineers looked for some way in which
cathode followers and silicon rectifiers could be incor-
porated.

The test engineers wanted a program involving tem-
perature cycling in a new environmental chamber, shake
tables, life testing of components, and a facility for ir-
radiating with neutrons and gamma rays.

The production engineers were in favor of automated
checkout fixtures on the assembly line.

The newspapers heard of it, and increased their cir-
culation with headlines such as: “Suspect Subversive
Sabotage,” “Education Stymies Space Race,” “Study
Science Lag,” “Firms Vie for Aid.”

The queen learned about the activities which were
taking place, and mentioned to the king: “You know,
at the time you were listening to your set, | was using
the electric shaver. Could that have something to do
with it?” A quick test showed that it could and it had.

Steps were taken to quiet down the incident, although
the true facts were never revealed for fear of embarass-
ing the dignitaries involved. Soon everything was for-
gotten, tranquillity reigned, and everybody lived hap-
pily ever after.

—MaRrviIN CaMras, Editor




PGA News

IRE TRANSACTIONS ON AUDIO

January-February

ADMINISTRATIVE COMMITTEE MEETING MINUTES

Chicago, Ill., October 9, 1960

Members Present

Hugh Knowles
(Chairman)

A. B. Bereskin

Cyril M. Harris

Marvin Camras

Benjamin B. Bauer
(Secretary-Treasurer)

Members Absent

Peter C. Goldmark
John K. Hilliard
Murlan S. Corrington
J. Ross Macdonald
Robert W. Benson
Michel Copel

Guests Present

William M. Thde

(Chicago Section Chairman)
John 1. Sheetz

(Cleveland Section Chairman)

Only three members of the Administrative Commit-
tee being present, in addition to the Chairman, there
was no quorum. Therefore, any actions that normally
require an official vote of the Administrative Commit-
tee would have to be subject to a letter ballot.

There has been no reply to date to the letter of April
6 to the IRE Headquarters from the Secretary-Treas-
urer about the question of the Constitutional amend-
ment. It was agreed that the Secretary would follow up
the Headquarters and arrange with the Editor for pub-
lication of the revised Constitutional amendment as
soon as possible.

Pursuant to a recent request from Headquarters for
a clarification and review (Note: Letter from Larry
Cumming dated July 27, 1960), a discussion was held
about the general scope of the field of interest of the
group. It was pointed out that the present statement
of scope was broad enough to include the desired activi-
ties of the group. However, the restriction about re-
cording and reproduction as taking place at audio fre-

quencies did not portray the present development of the
art. By motion of Cyril Harris and seconded by Marvin
Camras, it was agreed to delete the words “at audio
frequencies” from the sixth line of Section I as currently
constituted. This motion was passed unanimously, with
the proviso that it would be submitted to the full mem-
bership of the Administrative Committee for a letter
ballot.

In response to a request from Michel Copel, the
Chairman of the Audio Technical Program at the 1961
IRE International Convention, it was agreed that all
members of the Administrative Committee and all Com-
mittee Chairmen and Chapter Chairmen would be re-
quested to send suggestions to Mr. Copel as soon as pos-
sible.

The Chairman pointed out that due to the early clos-
ing dates for various Conventions, such as the NEC
and the WESCON, it became necessary to appoint pro-
gram committees early in the Spring. It was suggested
that if a General Program Committee Chairman can be
found this year, he would be requested to appoint the
committees for the 1961 WESCON and the 1961 NEC
during the fiscal year ending March 31. In the event
that a General Chairman is not found, then the Na-
tional Chairman will appoint special purpose commit-
tees for these two meetings before the expiration of his
term in office.

The report of the Awards Committee is as follows:
(Refer to a letter from Chairman Bereskin of September
14, 1960, enclosed).

The report of the Nominating Committee is as fol-
lows: Benson and Harris have accepted nominations for
the position of Chairman and Vice Chairman. The other
holdover members of the Administrative Committee
have refused to run. H. E. Roys’ name has been placed
in nomination for Chairman, and the Nominations Com-
mittee Chairman will seek his consent. The committee
expects to complete all the nominations within the next
two weeks, at which time the consent of the Adminis-
trative Committee will be obtained by letter ballot.

BeEnjaMIN B. BAUER
Secretary-Treasurer
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CHAPTER OFFICERS AND MEMBERSHIP STATISTICS
The IRE Professional Group on Audio includes twenty-three chapters listed below. Paid members
are as of December 31, 1959. Officers are listed from the latest information received by the IRE head-
quarters to December, 1960.
Chapter Chairman Vice-Chairman Secretary-Treasurer I Paid Members*
Albuquerque- C. W. Hicks Ben F. Sedlack 44
Los Alamos 1316 Guaymas Pl, NE (Secy.-Treas.)
1959-60 Albuquerque, N. M, 801 Vassar Dr. NE
| Albuquerque, N. M.
_— - S S — B
Baltimore Louis R. Mills James H. Jackson W. Parrish 74
1960-61 Recordings, Ine. (Secy.) Air Arm Div.

735 Deepdene Rd. The Martin Co. Westinghouse Corp.

Baltimore 10, Md. Baltimore 3, Md. Baltimore, Md.
Boston Donald ]. Friteh Henry S. Littleboy Charles .. Malme 305
1960-61 Lessells & Assoc. Baird-Atomic Corp. (Secy-Treas.)

916 Commonwealth Ave. 33 University Rd. Bolt Beranek & Newman

Boston 15, Mass. Cambridge, Mass. 50 Moulton St.

f Cambridge, Mass.
Chicago William thde ‘ Peter Tappan James F. Novak (Secy.) 242
1960-61 General Radio Co. ‘ Warwick Mfg. Co. Jensen Mig. Co.
l 6605 W. North Ave. 7300 N. Lehigh 6601 W. Laramie Ave.

Oak Park, 11l Chicago 31, IIL Chicago 38, Il
- S | — — R S
Cincinnati Wm. C. Wayne, Jr. Clyde G. Haehnle John P. Quitter 52
1959-60 70 Pleasant Ridge Ave. Crosley Bdcstg. Co. (Secy.-Treas.)

South Fort Mirtchell, Ky. 140 W. 9 Street 3837 Broadview Dr.

Cincinnati, Ohio Cincinnati, Ohio
Cleveland John Sheetz Henry Hoff Harry Dennis 47
1960-61 Ohio Bell Telephone (same as Chairman) (Secy.)

700 Prospect Ave. 1501 Euclid Ave.

Cleveland 15, Ohio Cleveland 15, Ohio
Dayton Taulbee P. Mountz, Jr. Stanley E. Weber Albert P. Parker 47
1960-61 Comm. & Nav. Lab. WAD (Secy.)

Wright-Patterson AFB Wright-Patterson AFB (Same as Vice-Chrm.)

Ohio Ohio
Detroit 66
Inactive
Hawaii D. H. DaShiell iwao Miyake Daniel L. Pang 20
1959-60 224 Awakea Rd. Univ. of Hawaii (Secy.-Treas.)

Lanikai, Oahu, H. Honolulu, Hawaii 1809 Naio St.

Honolulu, Hawaii
Houston James H. Carter 47
1960-61 The Wrye Co.

2410 W. Alabama

Houston, Texas
Kansas City 34
Inactive
Los Angeles
Inactive 473
Milwaukee Otto Dobnick 56
1960-61 1113 S. 28 St.

Milwaukee, Wis.

North Carolina L. A. Cornett 39
1959-60 Western Electric Co.
Lexington Rd.
Winston-Salem, N. C.
Philadelphia T. A. Benham D. Ridgely Bolgiano 286
1960-61 Haverford College American Electronics Lab.,
Haverford, Pa. Inc.
12IN. 7 St.
Philadelphia 6, Pa.
Phoenix
Inactive 31
San Antonio Bill Case 27
1959-60 122 W. White Ave.
San Antonio, Texas

* As of December 31, 1959.
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CHAPTER OFFICERS AND MEMBERSHIP STATISTICS (Cont’d)

January—February

Chapter I Chairman Vice-Chairman | Secretary-Treasurer \ Paid Members*
San Diego | Lowman Tibbals | Alfred Matthews ‘ 65
196061 [ USNEL ' Coronado Electronics
San Diego 52, Calil. Box 544
Coronado, Calif.
San Francisco Mort Fujii Charles Wilkins | Stanley Oleson 221
1960-61 PO Box 3000 2501 San Ramon Ave. (Secy.-Treas.)
Mail Stop 331-2 Mt. View, Calif. 140 S. Margarita Ave.
[ Redwood City, Calif. Menlo Pk., Calif.
Seattle t 79
Inactive |
Syracuse E. O. Crow Philip B. Clark Dwight V. Jones 56
1960-61 General Electric Co. RD 3 Secy.)
NL Room 5 Skaneateles, N. Y. General Electric
| Syracuse, N. Y. Bidg. 7, EP, Rm. 217
| | Syracuse, N. Y.
Twin Cities Robert Sell Richard F. Dubbe | Joseph F. Dundovic 65
1960-61 Telex Minn. Mining & Mfg. | (Secy.-Treas.)
Minneapolis, Minn. 900 Bush Avenue Nortonics Inc. (
St. Paul 6, Minn. 1015 S. 6th St.
Minneapolis 4, Minn.
Washington Sachio Saito J. Carlisle Hoadley Robert J. Carpenter 188
196061 Natl. Bureau of Standards Diamond Ordnance Natl. Bur. of Standards

Washington, D. C.

1 l

* As of December 31, 1959.

PGA MEMBERS HONORED BY IRE AWARDS

George W. Bailey, Executive Secretary of the IRE, has
announced IRE awards which include the following
members who have contributed to audio technology.

Peter C. Goldmark—The 1961 Viadimir K. Zworykin
Prize Award—“IFor important contributions to the de-
velopment and utilization of electronic television in mili-
tary reconnaissance and in medical education.”

Cyril M. Harris—1961 IRE Fellow Award—*“IFor con-
tributions to the science of acoustics.”

Arthur C. Keller—1961 IRE Fellow Award—“For
contributions to the recording and reproduction of
stereophonic sound and to telephone switching.”

Haldon A. Leedy—1961 IRE Fellow Award—“For
contributions to electronic research management.”

Richard M. Somers—1961 IRE Fellow Award—“For
contributions to phonographic recording and dictating
machines.”

PGA CONSTITUTION REVISED

The IRE Executive Committee on November 14,
1960, approved the revision to ARTICLE [V, Sections
1 and 2 of the PGA Constitution which reads as .fol-
lows:

Fuze Labs.
Washington, D. C.

Washington, D. C.
(Secy.)

Section 1. The Group shall be managed by an Ad-
ministrative Committee consisting of the Chairman
and nine additional members of the Group.

Section 2. The term of office of the elected members of
the Administrative Committee, excluding the Chair-
man, shall be three years. The number of the mem-
bers necessary to bring the committee to full strength
shall be elected each year by the Group membership.

Section 1 now provides for an administrative com-
mittee of ten; formerly it had nine members. Section 2
clarifies the term of office and the number of members to
be elected.

In accordance with Article XI, Section 1, of the Con-
stitution these revisions are being printed in TRANSAC-
TIONS so as to give the membership an opportunity
to object if they see fit.

CHAPTER NEWS

Chicago, Ill.—On September 9, 1960, C. Eilers, of the
Zenith Radio Corporation, spoke on “Receiver Design
Considerations for Stereo FM Multiplex Broadcasting.”

For the October 19 meeting, the PGA met jointly
with the Chicago Acoustic and Audio Group, at the
Universal Recording Studios, to hear Bruno G. Staffan,
of the Hammond Organ Company, describe an “Organ
Reverberation Device for Stereo High Fidelity.”
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Hall Effect Wattmeters*

D. P. KANELLAKOSY, MEMBER, IRE, R. P. SCHUCK}, MEMBER, IRE, AND
A. C. TODD||, SENIOR MEMBER, IRE

Summary—A transmission-type wattmeter can be formed utiliz-
ing the Hall effect to give wide-range multiplication over a fre-
quency range extending from the low audio-frequency region to the
SHF band. At the low frequencies, the Hall device can take the form
of a thin wafer of indium antimonide mounted in series with the
center leg of a cup core magnetic circuit. An audio-frequency watt-
meter employing such a structure has been analyzed, constructed
and tested. The wattmeter has a range of zero to 400 milliwatts
when used in a 600-ohm circuit, and displays a frequency error of
less than plus and minus 3.5 per cent over a frequency range of 100
to 6000 cps for a unity power factor load.

In the SHF range, a cavity and electric probe are arranged to pro-
vide excitation for the indium antimonide wafer in the manner first
employed by Barlow. The cavity, about one wavelength long, is
separated from the waveguide in which power flow is to be meas-
ured by a thin brass wall, and is coupled to the waveguide by a rec-
tangular slot in the top wall of the waveguide. The semiconductor
wafer is placed in the center of the cavity, at a position having a
maximum in magnetic field and a minimum in electric field for a
given cavity excitation value. The electric probe, which extends from
the cavity to the waveguide, provides excitation current for the semi-
conductor element. Three tuning adjustments are required, two for
the cavity and one for the probe. A wattmeter embodying this tech-
nique has been found to provide a sensitivity of one dc microvolt
per milliwatt of transmitted power at a frequency of 9.40 Ge.

I. INTRODUCTION

WO separate transmission-type wattmeters uti-

lizing the Hall effect have been designed, con-

structed and tested. The first type measures
power in audio range and the second is employed in
X-band power measurement. Although the same prin-
ciple is used in both types, the design considerations
are widely divergent. This necessitates an individual
description of each type. The theory of operation, de-
sign, construction, test systems employed, and per-
formance characteristics are presented along with suit-
able illustrations.

I

I1. AN Atpio FREQUENCY WATTMETER
A. The Hall Device as a Wattmeter Element

The output voltage v, developed by a Hall device,
shown in Fig. 1, may be expressed

v = Ruib/d (1)

* Received by the PGA, September 16, 1960. Presented at the
Fourth Annual Joint Military-Industrial Electronic Test Equipment
Symp., Chicago, Ill.; September 14-15, 1960. The work was done at
Armour Res. Foundation of Illinois Inst. Tech., Chicago, 111, as part
of a program sponsored by the U. S. Army Signal Res. and Dev.
Agency under Contract No. DA-36-039, SC-78269.

1 Radioscience Lab., Stanford University, Stanford, Calif.

1 Armour Res. Foundation, Chicago, I1L.

|l Hallicrafters Co., Chicago, Ill.

where

vy is the open-circuit output of Hall element,
R, is the Hall constant,
1. is the control current,
b is the normal flux density of magnetic field through
the semiconductor,
d is the thickness of Hall element.

If the magnetic circuit furnishing the magnetomotive
force to the semiconductor has a linear magnetization
characteristic (6-% characteristic), flux density b will
be proportional to the Hall device excitation coil cur-
rent 7. Hence, the output voltage developed by the
Hall device may be expressed

vo = kotoi, (2)

where ko is the over-all constant for the device, in volts/
ampere?.

A block diagram of the wattmeter is shown in Fig. 2.
Let us assume that audio power is supplied by a sine-
wave generator to a linear load, such that load voltage
and current are

VL = Vinax Sin (f + ¢) (3)
ir = Iyuxsin (0! + ¢ — ), (4)
4, Thicknesa [ N N 9
o — -
Control Current - [ ) - 4 ¥y, Open Circunt
% — l "] Output of Han

L/ “/./ /{_/ ‘ Elmllcn!
!

—_— —T—o
o- S

Normal Flux Density, b, of Mognelic Field
ihrough the Semiconductor

Fig. 1-—Basic Hall gencrator.

[ T — T
' r_'a.* anmumj rUUUMU] "
l ?l —i.‘.‘. :', —h-]l" k—:;}w "
— | I 1 .
é | ==t | Jvi‘
’ , :r:P Holl J’ #:A ' "3 )
e
| - |
Ly =7

Fig. 2—Basic experimental wattmeter system.
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where

¢ is the initial offset angle at t=0
0 is the impedance angle of the load.

Load voltage is monitored by potential transformer
7Y, and its associated amplifier .1,; load current is
monitored by current transformer 1%, and its associated
amplifier 4.. The output stages of amplifiers .1, and A4,
are assumed to be constant current devices. Further-
more, amplifier 4, has a transconductance £,/a; mhos
and an input impedance of infinity; while amplifier A,
has a current gain kg/ﬂ and an input impedance of
zero. If the instrument transformers are assumed to be
perfect, each may be replaced by its transformation
ratio N; for the secondary-to-primary-turns ratio of
transformer Ty, and N, for the primary-to-secondary
ratio of transformer 7.

Hence, the Hall device currents are related to the
load voltage and current by

ic = anx‘vlkl Sin (wl + ¢ + al) (5)
i’e = ]umxt/v2k2 sin (wl + ¢ — 0 + 02). (6)

Therefore, the output voltage of the 11all device is re-
lated to the load voltage and current by

Vo = anxlnuwalN2k0k1k2 sin (wl + ¢ + al)

-sin (wf + ¢ — 8 + ay). (7N
Now
sinxsiny=%{cos (x—y)—cos(x—f—y)}. (8)
Thus
9 = -me(mnmeszkllf% {cos (a1 — a; + 6)

2
—cos 2wl — 2¢ + 8 4 a) + dz)}, 9)

the dc component of which is

— Vrnnx[rxnaxArlA‘r2k0k 1k2
To = 9 ~—— cos (a1 — az + 6).

If the phase characteristics of amplifiers 4, and 4, are
made identical, a; =a, and

— VnmxlnmxANlNZkOklkZ

Vg = —— cos 8 10
0 2 (10)

or

_'l}; = VIN1N2k0k1k2 cos 6 (11)

where V and I are rms values of load voltage and cur-
rent, respectively. Hence, it has been shown that the
average value of the Hall device output voltage will be
proportional to the average power in the load under test.

January-February

B. The Waitmeter System

The wattmeter is composed of a current transformer
(T3), a voltage transformer (T4), transistorized ampli-
fiers (41 and A3), an indium antimonide Hall generator
(see Fig. 1), and a dc millivoltmeter.

The transformers offer isolation between the load and
the amplifier circuits, are essentially lossless, have
negligible phase shift, and are essentially distortionless
over the desired operating frequency range of the sys-
tem.

The amplifier circuits are transistorized and biased
so that they act essentially as constant current sources
to the Hall device. Stability, sufficient gain, negligible
phase shift, and a flat-frequency response within the
working range of the instrument were the principles
around which the amplifier system was designed.

The operating conditions presented for the trans-
formers and amplifier circuits were met to a sufficient
degree so that (11) could be considered valid. The dc
millivoltmeter, V3, can be calibrated in terms of power,
once a standard value of power at full-scale deflection
of the millivoltmeter has been established. Scale
changes can be accomplished by various means, one
of which consists of varying R, and R, as shown in Fig. 2.

A schematic diagram of the wattmeter is shown in
Fig. 3. It can be seen that the voltage and current moni-
toring channels employ amplifiers that are identical,
except for the input and output circuit details. The am-
plifiers employ a type-2N383 transistor in a split-load
phase inverter circuit to drive two type-2N383 tran-
sistors in a class AB push-pull grounded emitter arrange-
ment. It may be observed that the phase inverter has
been modified to present an equal source resistance for
the base of each output transistor. The monitoring
channels and their input systems were designed to per-
mit the measurement of power levels of 1.0 to 400 milli-
watts into a 600-ohm load over a frequency range of
20-20,000 cps. In the voltage monitoring channel, a
UTC type-LS-151 bridging transformer has been ar-
ranged to present an input resistance of 16,000 ohms

UTC L333

UTC LSISI
7 )
Voitage [ [ommmme——— -
Monitoring 3
Circult . H
. 41 ®o-10
8 ] [
| 1 Holl [ Circuit | i
Ll
5 . !
1
1 H
J
uTC LSBI
7

Fig. 3—Audio-frequency wattmeter circuit.
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across the circuit under test and to provide a driving
signal in-time-phase-with and proportional-to the test
voltage for thevoltage-monitoring amplifier. The 50-ohm
potentiometer terminating the secondary of this trans-
former provides the means of voltage sensitivity varia-
tion during calibration.

In the current monitoring channel, a second UTC
type-LS-151 transformer has been connected in reverse
order to present an input resistance of about two ohms
in series with the circuit under test, and to provide a
driving signal in-time-phase-with and proportional-to
the test-circuit current for the current-monitoring am-
plifier. In this case the transformer is terminated in a
500-ohm potentiometer, to provide a means for current
sensitivity variation during the calibration of the watt-
meter.

The voltage amplifier of the wattmeter employs a
UTC output transformer type-LS-33 connected to give
a collector-to-collector resistance of 250 ohms when the
secondary is terminated in the 1.5-ohm Hall element.
The current amplifier is terminated in the excitation
coils of the Hall device. The output stages of both ampli-
fiers were provided with 29-ohm resistors in the emitter
circuits to prevent collector-current runaway in these
stages.

C. Wattmeter Calibration

The wattmeter was calibrated at the 600-ohm level,
using a HP-400C vacuum-tube voltmeter as the ref-
erence standard. The dc-output voltage produced by the
Hall device was indicated on a Seimens and Halske
precision millivoltmeter. Wattmeter output readings
were obtained at intervals of one volt across a 600-ohm,
1 per cent noninductive resistor, over a range of 15 volts,
at selected frequencies throughout the audio range. The
results of the calibration tests are shown in Fig. 4 at
frequencies of 100, 500 and 6000 cps. The performance
of the wattmeter at other frequencies in this range is
bounded by the 100- and the 6000-cps curves. It may

6000 ¢ps,
’ 800 cps

100 cps

- -

Meter Deflection in Millivolts
"

° 0o 200 00 400
Power in Mitliwotis

Fig. 4—Calibration curves of the wattmeter.

be seen that the over-all deviation due to frequency
variation is less than plus and minus 3.5 per cent, and
that the slopes of the calibration curves are not con-
stant. This small change in slope might be attributed to
the slightly nonlinear operation of the voltage and cur-
rent-monitoring amplifiers.

The final laboratory model is shown in Figs. 5 and 6.
The instrument size is relatively small, measuring
101 inches X 5%inchesX 7 inches and weighing approxi-
mately 16 lbs. Although no attempt was made to
miniaturize the device, it is still fairly compact. The
size and weight were primarily determined by the trans-
formers used.

5 WL meFRoY o
cuRmENT. A0- PRESUENCY  WATTMEER g

Fig. 6—Hall-effect audio-frequency wattmeter.
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ITI. AN X-BAND WATTMETER
A. Theory of Operation

If a thin wafer of semiconductor material, as shown
in Fig. 7, is placed in an electromagnetic field, a current
-

density ¢ proportional to the electric field component of
the wave will flow in the y-direction and a magnetic flux
—

density b proportional to the magnetic field component
will flow in the x-direction, and, as a result of the in-
teraction of the electric and magnetic currents inside the

=x
semiconductor, a Hall electric field, Ey, will be pro-
duced in the z-direction. The magnitude of the Hall
electric field is given by

]’:]1 =3 R[[ib (12)

where Ry is the Hall coefficient.
— —

Now ¢ and b are harmonic functions of angular fre-
quency w; therefore, the potential difference across the
the Hall element will contain a dc component and an

— —
ac component of angular frequency 2w. When 7 and &
are properly time phased, the dc compnonent of the
Hall voltage will be directly proportional to the power
flow through the semiconductor wafer. The above
principle was used in the design and construction of
an experimental wattmeter described herein. The watt-
meter was similar to a model reported by Barlow,! but
differs in the frequency of operation, and in the type of
semiconductor material used as a sensing element.

B. Construction of the Instrument

The construction details of the wattmeter are shown
in Fig. 8. The thin wafer of semiconductor material
(indium antimonide) has been inserted in the center of
a rectangular cavity placed directly above the main
waveguide carrying the signal to be monitored. The
cavity, about one wavelength long, is separated from
the main waveguide by a brass wall about 0.015 inch
thick. Magnetic coupling between the cavity and the
waveguide is furnished by a 0.025X%0.250 inch rec-
tangular slot as shown in the figure. The semiconductor
slab was secured in position at the center of the cavity
by means of a small fused quartz plate. An electric
probe, 0.010 inch in diameter, projects 0.125 inch into

the main waveguide and furnishes the current density
— —
¢ for the semiconductor. Magnetic flux density b is

furnished by the cavity through slot coupling to the
main waveguide. Two tuning screws have been pro-
vided for cavity tuning. The cavity screw set also per-
mits the field distribution within the cavity to be posi-
tioned to give zero electric field at the center of the
semiconductor slab; thus the cavity provides magnetic
excitation alone to the semiconductor. An adjustable
coaxial line h_a)s been added to tune and phase the cur-

rent density ¢ through the semiconductor.

January-February

x

>
Fig. 7—The generation of the Hall voltage V. i=current density in

the material. b=magnetic flux density through the material.
Vi = voltage polarity for negative carriers.
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Fig. 9—Wattmeter test system.

C. Experimental Results

The wattmeter was tested using the system given
in Fig. 9. An auxiliary electric probe was employed as a
detector to aid in the tuning of the cavity to the 9.40
Gc test signal frequency. In the cavity tuning process,
the cavity screws were adjusted simultaneously to en-
sure proper centering of the electric field null within the
cavity, as indicated by no Hall-effect output voltage
when the electric probe circuit is far off resonance with
the signal. After the cavity adjustments were made, the
tuning screw of the electric probe was positioned to
give maximum Hall output voltage for termination of
the wattmeter in a flat load. Next, the matched load
was replaced by a short circuit, and the cavity and
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Fig. 10—Calibration curve of Hall-effect X-band wattmeter.

electric probe adjustments were moved slightly to re-
duce the Hall output voltage to zero. Again, the watt-
meter was terminated in a flat load and the screws were
adjusted carefully to give maximum Hall output voltage.
The tuning process was repeated several times to at-
tain proper phase characteristics of the cavity with re-
spect to the electric probe circuit.

After the wattmeter tuning operation was completed,
the performance characteristic of the device was ob-
tained over a power range of zero to ten milliwatts.
The results of this test are shown in Fig. 10. In this case
a 0.005%0.125X0.375 inch InSb crystal, having a re-
sistivity of 5 X 1072 ohm-cm, was used as the sensing ele-
ment. It can be seen that the wattmeter characteristic
is linear, and that the unit produces a dc output of about
one microvolt per milliwatt of transmitted power.

On reversal of the direction of power flow, the watt-
meter dc output polarity also reversed. The lack of
symmetry of the calibration characteristic might be
attributed to the small errors in the tuning of the watt-
meter and to the residual rectifying action present at
the junctions of the wire leads and the semiconductor.

D. Direct Power Measurement with the Hall Effect

A transmission-type wattmeter has been constructed

Kanellakos, Schuck, and Todd: Hall Effect Wattmeters 9

by placing a 0.005X0.167 X0.187 inch InSb crystal
directly in an X-band waveguide. The crystal is
mounted on a quartz plate and positioned at the center
of the waveguide, parallel to the side walls, and near
the bottom wall. The dc output leads are brought out
of a side wall in a plane parallel to the bottom wall.
Preliminary tests indicate that the sensitivity of this
wattmeter is about 0.1 microvolt per milliwatt of trans-
mitted power.

E. Comparison Between Cavity-Type and Direct-Type
Transmassion Wattmeters

Since both the cavity-type and direct-type transmis-
sion wattmeters utilizing the Hall effect for power meas-
urement in the X band have been described above, it
should be pointed out that there are distinct operational
differences. The cavity-type wattmeter described herein
1s much more sensitive than the one reported by Bar-
low;! however, the device is inherently a narrow-band
instrument, requiring accurate tuning of a cavity and
and electric probe circuit. A direct-type wattmeter was
constructed in an effort to eliminate the cavity-tuning
requirement. Initial tests have shown this type watt-
meter to be a more broad-band instrument with a sen-
sitivity about one order of magnitude below that of the
cavity-type wattmeter.

IV. CONCLUSIONS

The instruments described in this paper were devel-
oped as part of a program sponsored by the United
States Army Signal Research and Development Agency.
The experimental models were intended to illustrate
the application of the Hall effect in the measurement of
power flow and to provide design data for use by the
electronic instrument engineer. With appropriate modi-
fications, the wattmeter arrangements could function at
other frequency bands and at higher or lower power
levels.

! .. M. Stephenson and H. E. M. Barlow, “Power measurement of
4 Ge/s by the application of the Halleffect in a semiconductor,” Proc.
IEE., vol. 106B, pp. 27-30; January, 1959.
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The Effects of Track Width in Magnetic Recording”

D. F. ELDRIDGE}, MEMBER, IRE, AND A. BAABA{}

Summary—The effects of track width on various performance
characteristics have been measured over a wide range of widths.
Signal level, noise, and signal-to-noise ratio were determined for
track widths from 1.1 mils to 92 mils. The effects of crosstalk, actual
recorded track width vs head width, and tape guiding, are described.
The experimental data are in good agreement with theory, and no
serious practical limitations on the use of very narrow tracks were
discovered. High-density audio and pulse recordings were made
without difficulty. Digital bit densities of one million per square
inch and above are shown to be possible.

INTRODUCTION

HE purpose of this study was to determine, ex-
perimentally, the effects of track width on the

performance of a recording system—over a wide
range of track widths—and whether or not there were
any practical limitations peculiar to very narrow tracks.
Theoretically, the signal output per turn of head wind-
ing is directly proportional to the track width because
signal fluxes from all portions of the track are in phase
and add arithmetically. The tape-noise output per turn
is theoretically proportional to the square root of track
width because the noise signals from different portions
of the tape have no phase relationship, and thus add
vectorially. Therefore, the signal-to-noise ratio should
also be proportional to the square root of track width.
On this basis, if a 100-mil-wide track produced a signal-
to-noise ratio of 50 db, a 1-mil track should produce 30
db. The possibility of obtaining usable signal-to-noise
ratios with extremely narrow tracks is very attractive
for numerous applications and, therefore, it was de-
cided to obtain experimental verification of the theory.

HEeAD CONSTRUCTION

A series of heads with eight different track widths
was constructed to obtain sufficient data to construct a
complete curve and to reduce the importance of varia-
tions in any particular head. Actual track widths were
92, 46, 23, 10, 5, 3, 2.1, and 1.1 mils. A record winding
was placed on one leg and a reproduce winding on the
other, for most heads. Two reproduce-only heads were
also built to obtain more voltage output from the nar-
rowest tracks.

A standard tape transport was used for the tests, and
an adjustable guide was placed on each side of the head
(see Fig. 1). No other modifications of the tape trans-
port were required. To obtain basic crosstalk measure-
ments, a special head-shield can was constructed which
permitted micrometer adjustment of the head in the
vertical direction (see Fig. 1).

* Received by the PGA, July 1, 1960. Published in 1960 IRE
INTERNATIONAL CONVENTION RECORD, pt. 9, pp. 145-155.
t Ampex Corp., Redwood City, Calif.

Fig. 1—Head assembly, showing tape guides and
micrometer adjustment.

EXPERIMENTAL DATA
A. General

The first data were obtained by recording with a full-
track head and reproducing on the various narrower-
track heads. Two types of signals were used for the level
measurements: a 2000-cps sine wave recorded at +8 db
at a tape speed of 30 inches per second, and a 2000-cps
square wave (NRZ) recorded at saturation at 30 inches
per second. Noise measurements were wide-band and
were obtained with bias recorded on the tape, and with
dc saturation recorded on the tape. No equalization or
filtering was used. Both signal and noise were measured
peak-to-peak on an oscilloscope, and on an average-
reading rms calibrated voltmeter. The peak-noise meas-
urements indicated the value of the occasional “spikes”
rather than “average” peak noise.

The output signal levels, in volts per turn referred
to the widest track, are plotted vs track width in Fig.
2. The dashed line indicates a 6-db (per octave of track
width) slope. Although individual heads cause some
deviation, the average slope is very close to the 6 db
predicted by theory. The tape-noise output, in volts
per turn referred to the 92-mil track, is also plotted vs
track width in Fig. 2. The dashed line indicates the
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Fig. 2—Signal and noise vs track width, full track record.

TRACK WIDTH - MULS

Fig. 3—Signal-to-noise vs track width,

theoretical 3-db slope. Again, the average slope follows
the theoretical curve. The computed signal-to-noise
ratios are plotted vs track width in Fig. 3, and also fol-
low the theoretical curve fairly well.

Next, signals were recorded and reproduced on the
same head for each track width. As both the square-
wave and sine-wave data followed the same slope in the
previous data, square-wave recording only was used in
these tests for simplicity. Because of the low output
from the 2.1-mil head, a new head of the same size and
a 1.1-mil head were constructed. To obtain greater ac-
curacy, more turns were wound on these heads, which
increased the tape-noise voltage well above the pre-
amplifier noise level. The resulting signal, noise, and
signal-to-noise ratios, are plotted vs track width in Figs.
4 and 5. The results are essentially identical with those
obtained from the full-track recorded signal.

The signal-to-noise ratio at any track width is a func-
tion of the method of measurement. As mentioned
earlier, the peak-noise measurements were based on
the occasional “spikes,” rather than on the average peak
value. If the signal-to-noise ratio is calculated for the
1.1-mil head on the basis of the average (nonspike)
peak noise, a value of 29 db is found. This value would
be the signal-to-noise ratio if there were no imperfec-
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Fig. 4—Signal and noise vs track width, record/
reproduce on same head.

TRACK WIDTH - MILS

Fig. 5—Signal-to-noise ratio vs track width,
record/reproduce on same head.

tions in the oxide to produce spikes, and may be con-
sidered to be the basic, or error-free, signal-to-noise
ratio. To investigate the character of the spikes, the
oscilloscope trigger level was set near the peak of the
spikes and the camera shutter opened for ten seconds.
The resulting picture, shown in Fig. 6, indicates that the
spikes are all nearly identical in shape and duration,
and have the same shape as a very short recorded RZ
pulse. The imperfections producing these spikes must
therefore be less than one mil in length along the tape;
if they were longer, the pulses would be longer. A micro-
scopic examination of the oxide surface showed numer-
ous imperfections which were one mil or less in diameter.

Theoretically, the width of the recorded track will be
somewhat larger than that of the recording head, be-
cause of fringing of the record field. If the oxide is
being saturated at a depth of 0.5 mil, saturation should
reasonably be expected to occur 0.5 mil from each side
of the head. To measure the track width, saturation re-
cordings made with all heads were reproduced on a full-
track head. The output voltage in volts per turn re-
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ferred to the 92-mil track is plotted in Fig. 7. As the
amount by which the width of the recorded track ex-
ceeds that of the record head should be independent of
track width, it should be a larger percentage with the
narrower tracks, and is so indicated by the deviation
from the ideal curve in Fig. 7. The effective track width
was computed from the reproduce voltage for the heads
from 10 mils down, using the larger heads to establish
the voltage per unit of track width. The calculated track
width ranged from 0.7 mil to 1.3 mils larger than the
head. The average excess track width is approximately
1.0 mil. It is interesting to note that an infinitely thin
record head would produce a track 1.0 mil wide, if 0.5-
mil oxide were recorded to saturation. Narrower tracks
could be recorded if a thinner oxide were used.

B. Tape Guiding

The use of very narrow tracks is strongly dependent
upon the tape-guiding accuracy. It was therefore de-
sirable to obtain some measure of the accuracy of the
guides used in these experiments.

TN

s

1 ¥
= IlL.tE o
100

Fig. 7—Output voltage vs track width,
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A 60-power microscope with a calibrated reticle was
set up to view the edge of the tape as it passed over the
head. The total side-to-side motion observed was +0.45
mil, consisting of a steady fluctuation of +0.3 mil with
an additional peak of +0.15 mil which occurred every
few seconds. The same results were found at 15 inches
per second as at 30 inches per second.

Another measure of the guiding accuracy is to observe
the amplitude stability of a signal recorded and repro-
duced on a very narrow track. Accordingly, both 1.0-kc
and 15-kc square waves were recorded with the 1.1-mil
head. The reproduced signals were photographed during
a one-second sweep on the oscilloscope. This was also
accomplished with the 92-mil head for reference (see
Fig. 8). The amplitude variations are greater in the

(d)

Fig. 8—Amplitude stability. (a) 1.1-mil head, ! kc at 30 ips, 0.2
mv/cm. (b) 1.1-mil head, 15 kc at 30 inches per second, 0.2
mv/cm. (c) 92-mil head, 1 kc at 30 inches per second, 20 mv/cm.
(d) 92-mil head, 15 kc at 30 inches per second, 20 mv/cm.
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narrow than in the wide track, but are not sufficiently
large to indicate any serious guiding deficiencies.

C. Crosstalk

The use of very narrow tracks does not in itself en-
gender more serious crosstalk problems than occur with
relatively wide tracks. Crosstalk problems do arise,
however, when two or more tracks are placed very close
together, because the reproduce head will read flux from
adjacent tracks.

The ratio between the desired and undesired signals
is a function of track width, track-to-track spacing,
head arrangement, shielding, type of recording, and
wavelength. Although a general investigation of all the
factors mentioned would probably be worthwhile, it
was believed to be outside the scope of this particular
study. Data were obtained, however, on the amount of
signal read as the head was displaced to the side of a
single recorded track.

Sine-wave recordings were made at 1 ke, 3 ke, 15 ke,
and 30 kc at 30 ips with a 2-mil wide head. The 2-mil
reproduce head was mounted in the special shield can
(see Fig. 1) to permit accurate displacement off the
track. The reproduce voltage was measured on a wave
analyzer to increase the signal-to-noise ratio and thus
allow measurement of very small signals. Reproduce
voltage is plotted vs head position in Fig. 9. The 1-kc
and 3-kc curves follow a slope of approximately 65 d/A
when the head is off to the side of the track (d =displace-
ment, A=wavelength of recorded signal). One would
expect the slope to be greater than the 55 d/A realized
when the tape is spaced outward from the head because
of the differences in geometrical arrangement. The 15-ke
and 30-kc data were rather difficult to obtain. The
original data appeared to be rather inaccurate, and so
the experiment was repeated. At the time of the re-
peated experiment, the 2-mil reproduce head had been
modified with the addition of shielding, so the 1.1-mil
head was used for reproduction. Recording was done
with a 2-mil record head. The results from several
lateral scans were averaged and are plotted in Fig. 9.

HEAD-TRACK DOIPL/ CEMENT - MILS

Fig. 9—Basic crosstalk data, 2-mil recorded track,
30 inches per second.

Eldridge and Eaaba: The Effect of Track Width in Magnetic Recording 13

Because of measurement difficulties, no across-the-
track scan was made for recorded pulses. NRZ pulses
were recorded with the 1.1-mil head in seven adjacent
tracks, spaced 2 mils center-to-center. The pulses from
the center track were reproduced with the 1.1-mil head,
and crosstalk was found to be about 20 db below the
signal on each track. Fig. 10 shows the reproduced
pulses at 1000 and 2000 pulses per inch (bit densities of
500,000 and 1,000,000 per square inch). A powder pat-
tern of this recording was “developed” with a suspen-
sion of pure iron particles and is shown in Fig. 11.

(b)

Fig. 10—Reproduced pulses (500,000 and 1,000,000 bits per square
inch). (a) 1000 bits per inch, 500 tracks per inch, 30 inches per
second, 20 psec/cm, 200 volts/cm, (b) 2000 bits per inch, 500
tracks per inch, 30 inches per second, 20 gsec/cm, 200 volts/cm.

e S

Fig. 11—Powder pattern, 500,000 pulses per square inch
(small divisions on scale equal 0.001 inch).
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SoME PoSSIBLE APPLICATIONS OF NARROW-TRACK
RECORDING

There are numerous possible applications of very-
narrow-track recording, a few of which will be men-
tioned herein.

First, there is monitoring. There are many types of
signals such as voice communications, which do not re-
quire extremely high signal-to-noise ratios, but do re-
quire the recording of large amounts of information over
an extended period of time. In such applications, the
usefulness of very narrow tracks is obvious. As an ex-
ample, a machine could be built using a track spacing of
200 per inch, 7.e., 3-mil tracks and 2-mil spaces, with
14-inch reels, and 1-mil Mylar-base tape running at
15/16 inches per second. If }-inch tape were used, 100
channels of information could be recorded continuously
for 24 hours. A reel of 2-inch wide tape could provide a
total recording time of over a year.

Second, there is the recording of high-accuracy analog
information. In direct recording, the accuracy or signal-
to-noise ratio is limited by the characteristics of the
medium. In time-division recording systems such as
FM or PWM, the signal-to-noise ratio is limited by
both the motion stability of the tape transport and the
characteristics of the medium. The only recording
means which can be made insensitive to both tape-
transport motion instability and faults of the medium
is digital recording. The analog information must be
sampled at a rate more than twice per cycle of the high-
est frequency, and each sample must then be converted
to a numerical value. This numerical value is in binary
form and may be recorded as on-off information. There-
fore, the amplitude characteristics of the medium do
not affect the result, unless a complete loss of a digit
occurs. Motion instabilities may be circumvented be-
cause the original data was sampled at a precise and
constant rate. Therefore, even if the samples arrive in
the reproduce electronics somewhat irregularly, they
may be stored momentarily, and fed out at a constant
rate.

The major drawback of this system for either audio
or instrumentation application is the large number of
pulses per second required. For example, to obtain 0.1
per cent accuracy (60 db SNR) requires 10 bits, or
pulses, per sample. At only 2 samples per cycle, 20
pulses will be required for each cycle of the highest
frequency desired.

The recording of 20-kc signals then requires a pulse
rate of over 400,000 per second. To record this rate with
commercially-available equipment, one would have to
use 9 or 10 tracks of a 150-inch per second digital tape
transport. The bit density on present machines is about
5000 to 7000 pulses per square inch. With very narrow
tracks, bit densities up to 100 times as high may be
utilized, thus reducing tape speed and allowing more
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channels on the tape. For instance, at a bit density of
200,000, fourteen channels of 20-kc information could
be recorded on 1-inch tape at 30 ips, with 0.1 per cent
accuracy. To achieve 0.012 per cent accuracy requires
only 30 per cent more capacity per channel.

When high bit densities are used, the problem of
dropouts becomes more severe. With analog recording,
however, dropouts would not have as serious an effect
as with digital recording for bookkeeping purposes. In
analog recording there should be, in most cases, a fair
degree of correlation between successive numerical
values. Hence, if one particular number is missing en-
tirely, it could probably be reconstructed from the
values of the numbers which preceded and followed it.
Another solution to the dropout problem is to use re-
dundant recording—record the same information on
two or more tracks spaced some distance apart. The
information may then be recovered from either track
and a dropout will rarely occur on both tracks simul-
taneously. It is also probable that the quality of the
oxide coating will continue to improve until tape can be
produced which is essentially dropout-free.

A third possible application is in wide-band record-
ing. A stationary head with a very high track density
could be used instead of a rotating head. At a bit density
of 500,000 per square inch, there would be 1,000,000 bits
per lineal inch on 2-inch-wide tape. At 100 inches per
second, the bit rate would be 100 megacycles. One ad-
vantage of a stationary head system is the possibility of
using high tape speeds to achieve wide bandwidths.
(Present rotating-head machines cannot easily be
speeded up to increase bandwidth.) Also, the wear prob-
lem is less severe than with a rotating head.

One means of using high track density for wide-band
recording is to commutate the signal into successive
heads. Each head would record a pulse, the amplitude
of which is proportional to the amplitude of the signal at
the sampling instant. The signal frequency would be a
maximum of just less than one half the bit rate. More
refined encoding techniques could be used at the
sacrifice of signal frequency to obtain better signal-to-
noise ratios.

CONCLUSIONS

Theoretically, the reproduce signal (from a tape re-
corder) is proportional in amplitude to the track width,
and the noise and signal-to-noise ratio are proportional
to the square root of track width. These relationships
have been verified experimentally for track widths from
0.092 inch to 0.0011 inch. If the data are extrapolated,
the track width at which the signal-to-noise ratio be-
comes unity is approximately one micro-inch. Although
it is of little practical value, the extrapolation does in-
dicate that we are presently very far from complete use
of the medium. The recorded track width was found to
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be approximately 0.001 inch larger than the record
head, because of fringing. The accuracy of the simple
tape guiding system was found satisfactory even with
the 0.0011-inch wide head.

Measurements of basic crosstalk indicate that no
serious problems exist at short wavelengths, but that
considerable shielding may be necessary at long wave-
lengths. A track density of 500 per inch was recorded
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and reproduced, with a signal-to-noise ratio of about
20 db, using pulses. Bit densities of five hundred thou-
sand to one million bits per square inch were realized.

The use of very narrow tracks should have many
possible applications in future equipment. Among those
which appear feasible are high-capacity monitoring,
high-accuracy analog recording and wide-band record-
ing with a nonrotating head.

Theory of Motional Feedback™

EGBERT DE BOERfY

Summary—In motional feedback the mechanical vibrations of
the loudspeaker cone are the source of the feedback voltage. Feed-
back then improves the over-all response characteristic and reduces
the total distortion. The theory of this method is presented here in a
simplified, though enlightening, way. The treatment is based on an
unorthodox theorem on impedance conversion by feedback.

I. INTRODUCTION
Ri ;Q 7 HEN anamplifier drivesaloudspeaker, the appli-

cation of negative feedback affects only the pure-

ly electrical part of the system. Aside from the
damping of the mechanical resonance of the loudspeaker,
distortion occurring in the electromechanical transduc-
tion process is hardly reduced. If, however, the feedback
voltage depended on theacousticsound pressure or on the
diaphragm’s motion, the situation would be different;
then, distortion of the loudspeaker would also be reduced
by the feedback. In “motional feedback” the required de-
pendence is partly realized, the feedback voltage de-
pending on the movement of the voice coil. Any move-
ment of the loudspeaker diaphragm in the air gap
produces an induction voltage in the voice coil. If this
voltage can be separated from the voltage required for
driving the loudspeaker, the feedback wvoltage will
solely depend on the diaphragm velocity. We then can
expect a partial reduction of transduction distortion.
The separation of induction voltage and driving voltage
is easier when the former is high, i.e. when it is in the
region of the fundamental resonance frequency. That
is the reason why this type of “motional feedback” is
most effective at low frequencies, where, incidentally,
it is most needed because of large cone excursions.

* Received by the PGA, September 28, 1960.
t Physical Lab., E.N.T. Clinic, Wilhelmina Hospital, Amster-
dam, Netherlands.

Many recent amplifiers (mostly American) have
been provided with damping control along much the
same principle. The separation of induction and driving
voltages is performed with help of a bridge circuit as
shown in Fig. 1. Suppose the bridge is in equilibrium for
dc, t.e. for an impressed dc voltage between terminals 1
and 3, no voltage appears between terminals 2 and 4.

<]

k>4

(b) (c)

Fig. 1—Bridge circuit used to extract the “motional” voltage.
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Suppose also (and this is important) that the bridge
stays in equilibrium when it is driven by ac but that the
diaphragm is not allowed to move. To accomplish this
the voice coil has to be blocked and the bridge may in-
clude some additional elements about which more will
be said later.

As soon as the diaphragm is allowed to move, a volt-
age is induced in the voice coil. A fraction of this volt-
age will then appear between terminals 2 and 4. This
output voltage can be used as feedback voltage. The
application of voltage feedback tends to make the feed-
back voltage independent of frequency. Since the feed-
back voltage is proportional to the diaphragm velocity,
the latter quantity is equalized; resonances are damped
and a part of the distortion (not including that due to a
non-homogeneous magnetic ficld across the air gap) is
reduced.

The discussion of the operation of motional feedback
has been very confusing (see Bibliography). The system
has been described as a combination of negative current
feedback and positive voltage feedback, a viewpoint
that served well to obscure all rational thinking. Ob-
viously the authors did not realize that for ultimate
performance only the net result matters.

In this article the author proposes to show that the
principle can be understood surprisingly well when a
few restrictive approximations are made. The deriva-
tion will be centered around a fairly unorthodox, but
very enlightening, theorem of feedback. This theorem,
in which the major emphasis is on net impedances in the
circuit, sheds a light on many related phenomena. In
fact, it has also been very useful in normal feedback
situations. Here we will only apply it to the case of
motional feedback. A quick glance will show that with
this theorem a theoretical discussion can be presented
with quite a low number of formulas.

Instead of dealing with distortion as such, the discus-
sion will be focused on the linear aspects of the system.
The latter will be represented in the form of equivalent
circuits. The system is thought of as an amplifier loaded
with a certain impedance. The proper placing of the
(imaginary) connection between these two is most im-
portant. The whole system, from its electrical input to
its ultimate acoustical output, is considered as an elec-
trical filter. Negative feedback then should improve the
response as well as any (small) distortions. This attitude
toward the problem will clear up all obscurities at once.

Il. LoUuDpSPEAKER As FILTER

This discussion of motional feedback necessarily
comprises the subject of electro-acoustic transduction.
To facilitate this, we resort to electromechanical
analogies. Mechanical forces (or pressures) will be por-
trayed as electric voltages, mechanical velocities as
currents. Mechanical and acoustical reactions to move-
ment are represented by analogous electrical imped-
ances. The response of the mechanical system then fol-
lows from the electric analog.

January-February

When we assume that the diaphragm is oscillating
with a frequency w/2w, a force must be exerted on it
which compensates for inertia and stiffness as well as
frictional resistance. Hence the main elements of a
loudspeaker, effective at low frequencies, are the dia-
phragm’s mass, stiffness and resistance. These main ele-
ments are shown in Fig. 2 as an inductance (mass)
M, the capacitance (compliance) C and resistance K.
In the analogy employed, voltage stands for acoustic
sound pressure and electric current for velocity, i.e., w
times the amplitude of sinusoidal motion. The remain-
ing elements in Fig. 2 represent the reaction to the
diaphragm, due to the radiated sound field. It is mostly
inertial, shown by the inductance L,. The resistance
R, represents the radiated sound power. As such it is
indispensable, but as far as response is concerned it is
not very important. We propose to leave R, out from
here on. At resonance, the current (i.e., cone velocity)
is restricted mainly by friction as represented by the
resistance R.

R M VELOCITY (v )
—wv-—flm——' -
I ©

FORCE

|

Fig. 2—Electrical analog of the loudspeaker cone.
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The reader may have noted that electromagnetic
damping has been left out of the discussion. This is be-
cause neither the driving amplifier nor the electro-
magnetic properties of the loudspeaker unit participates
in the constraints between purely mechanical forces
and velocities. To incorporate it, we will consider the
actual transformation of mechanical and electrical
quantities in an electrodynamic loudspeaker. At this
point it is well to regard the network of Fig. 2 as a
symbolism that depicts some relation between forces and
velocities, as set by purely mechanical properties. We
will now see how this is reflected back on the electric
side. Assume the voice coil executes a sinusoidal vibra-
tion with an instantaneous velocity v cos wt. The velocity
is symbolically represented in Fig. 2 by a current having
numerically the same value. Electrically, however, the
motion produces an induction voltage e in the voice
coil. The instantaneous voltage is proportional to v:
e=Ki-v. Inversely, an electric current ¢ through the
voice coil will cause a force f= K, i to be exerted on the
diaphragm.

Hence, a current v in the electrical analog appears
electrically as a voltage e, while a pressure p (propor-
tional to the force f) in the analog is actually caused
by a current ¢ through the voice coil. The quantities
K, and K, depend on the magnetic field strength and
the length of wire embedded in the air gap.
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Now, the electrical analog actually represents a
restraint imposed on pressure and velocity. When every-
thing is expressed electrically, this restraint appears as
a relation between induction voltage e and voice coil
current 7. Careful consideration shows that the latter
constraint can be represented by an electric network
that is dual to that of Fig. 2, currents v being replaced
by voltages e, and pressures p by currents 4. This net-
work is depicted in Fig. 3(a).! The relation between e
and ¢ imposed by mechanical properties of the loud-
speaker is expressible as an impedance. We conveniently
call the impedance of Fig. 3(a) the “motional im-
pedance” and denote it by Zayn.

We have to consider this impedance as being, in ef-
fect, in series with the impedance of the (blocked)
voice coil. Ultimately the whole voice-coil impedance
Z,. is connected to an amplifier, represented in [ig.
3(b) by a voltage source ¢, and an internal resistance
R;.

The network obtained could be analyzed in a straight-
forward way if it contained a quantity that could
serve as the output. As said earlier, we desire to know
the ultimate acoustic sound pressure. To be more
specific, we want the sound pressure at a specific point
in the listening area. Since the spatial distribution of
the radiated sound field is determined solely by the
geometry of the diaphragm and the loudspeaker’s sur-
roundings, we might conveniently take the sound pres-
sure near the diaphragm as the output variable.

The sound field is, at least for low frequencies, nearly
spherical, so that a flat frequency characteristic of the
sound pressure near the cone implies a flat frequency

1 We could have started, of course, by regarding the network of

Fig. 3 as the electrical analog of the acoustic system. This is, how-
ever, somewhat less enlightening than the approach used here.

Rvelbve
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characteristic at any point in the listening space. In
Fig. 2 the sound pressure at the cone is represented by
the voltage across R,. If we leave out this resistance, it
can also be taken as jwL, times the current v through
L,. Converted into the terms of Fig. 3 we find that the
desired sound pressure is proportional to jw times the
voltage across Zgyn.

Now when the resistances are lumped together, and
radiation resistance and voice-coil inductance are neg-
lected, it is relatively easy to see that the over-all re-
sponse is of the form

K-Gofo)®
T+ alju/wn) + Go/wn?

F(jw) =

Here wy is the resonance radial velocity determined by
the total inductance and capacitance. The constant K
involves many factors among which is the sensitivity
as determined by the efficiency. The constant a de-
termines the form of the response curve. A high value
of @ means a high damping. Some response curves are
given in Fig. 4. Two extreme cases are easily visualized.
Suppose first that the amplifier has a very large inter-
nal resistance. Then the only damping of the loud-
speaker arises from friction, the resonance is very pro-
nounced, a is low. On the other hand, an amplifier with
alow R;, coupled to a loudspeaker with very low R,., be-
haves completely differently. The value of a is high, and
damping may be so large that the response drops below
a frequency larger than the resonant frequency.

In the above discussion the required output variable
was, apart from a factor jw, the voltage ¢ developed
across Zaya. Since Zgy, comprises the energy-storage
elements that cause the resonance, it is evident that the
total resistance presented to Zgy, determines the ef-

| 2o

: i J(R) 3(Ra)
Zyc> Zayn—+3’ =, 3(C)
: N I(M) =(La)
7 )
(a)
R; Rye Lve
L (R) (Ra)
ég) gy 3 T 3C)
i M) j(‘-d)
()’

Fig. 3—Electrical impedance of the loudspeaker.
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Fig. 4—Typical response characteristics.

fective damping. \We remember that the radiation re-
sistance R, and the voice-coil inductance have been
neglected. If we adhere to this description, we see that
it is most advantageous, though somewhat unorthodox,
to regard the whole system as an “amplifier” that has
only Zaya as a load impedance. The driving “amplifier”
now includes the voice-coil resistance R,.. This has the
additional advantage that motional feedback is now
equivalent to ordinary voltage feedback, assuming the
feedback voltage to be proportional to the output volt-
age as developed across Zayn. It is well known that
negative feedback changes the internal impedance of
the amplifier with respect to the load, as quite distinct
from changing the level of amplification.

Hence, motional feedback, which is in our system
equivalent to voltage feedback, will cause the damping
of the load to be increased. We remember that the load
impedance Zgyn has the characteristics of a parallel
resonant circuit. Its impedance level is sketched as a
function of frequency in Fig. 3(a). This function will
now be flattened by feedback. The effect will be most
pronounced around the frequency of resonance. In the
ultimate acoustic response, which involves a factor jw,
this brings about an increased value of @, and conse-
quently a less pronounced resonance peak. It is re-
markable that the over-all level of amplification (at
larger frequencies) is not affected.? Too-large feedback
will cause the lower frequencies to be extremely re-
duced, without leaving a trace of the former resonance.
This is an often discussed phenomenon, which is easily
explained by Fig. 4.

2 This should be well distinguished from the behavior of a normal
fecdback amplifier. Suppose an amplifier has an over-all response
like one of the curves of Fig. 4. 1f voltage feedback is applied, the level
of amplification is decreased, the cut-off frequency is lowered, and the
resonance will become more pronounced. That motional feedback pro-
duces an entirely different effect is due to the fact that the feedback
voltage is essentially obtained from a band-pass system, the ultimate
acoustic response requiring the factor w.

IRE TRANSACTIONS ON AUDIO

January—February

111. Basic THEORY

In the Introduction, the bridge of Fig. 1 has been
described as the method to extract the voltage e across
Zayn. 1f the bridge is properly adjusted, the output
voltage is under all circumstances proportional to the
voltage e. We saw that the electrical environment of
Zayn is the all-controlling factor as regards response. This
is stressed by considering the amplifier, including bridge
and voice-coil resistance, as a driving system, loaded only
by the motional impedance Zayn.

In a way the diaphragm has become the final link in
the amplifier chain. We can now represent the am-
plifying system as a Thevenin source, a voltage source
eo with an internal resistance R;. Note that R; includes
not only the internal resistance of the original amplifier,
but also parts of the bridge and finally the voice-coil
resistance.

in order to simplify the discussion we first want to
consider one extreme form of the system, namely, that
in which the internal resistance is so large that it can
be taken as infinite. The representation of the amplifier
is then a current source i, loaded by Zaya [Fig. 5(a)]. To
justify this representation, two conditions have to be
fulfilled. The first is that the amplifier itself behave as
a current source. The second is that the right-hand re-
sistors in the bridge of Fig. 1 be so large that their
presence can be neglected under all circumstances.
We choose this extreme form as the one which deserves
motional feedback most urgently. This is not as un-
realistic as it seems since the driving system here con-
sidered includes the voice-coil resistance. Hence it
amounts to considering an amplifier that damps the
loudspeaker hardly at all, because, e.g., the loudspeaker
has a low efficiency. The treatment of motional feed-
back will now become surprisingly simple, as we will
see presently. We recall that a “current-source” am-
plifier drives an impedance Zayn. The feedback voltage
is taken directly from the output terminals (i.e., across
Zayn). The reduction in feedback voltage, brought about
by the bridge, is neglected. The “current-source” am-
plifier is described by its transconductance g, the output
current for one volt of input voltage:

i=g-e. (1)

We will now prove a theorem that is basic in the dis-

cussion.

Theorem: A current-source amplifier, with a trans-
conductance g, will, after the application of full voltage
feedback, behave as a current-source amplifier with the
same transconductance g, but with an internal resistance
1/g in shunt.

The proof is extremely simple. With feedback, the
effective input voltage e; is the difference of the actual
input voltage ein and the output voltage €out:

2

€i = €in — Cout.
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(2)

I/g [

@ [J Zgyn  @out
(b)

" ;El/g Zayn eout
(c)

Fig. 5—Illustrating basic feedback theorem.

Combination of (1) and (2) gives:
1

€out = €in — — %.

4

This is represented by the Thevenin circuit shown in
Fig. 5(b) which is easily converted into the Norton
equivalent shown in Fig. 5(c). It is hardly surprising to
find that the transconductance of the “amplifier” has
not been changed, since the short-circuit output current
necessarily stays the same; the internal resistance,
however, has from being infinite become finite.

This theorem has a central place in the discussion of
motional feedback. In the worst possible case, where
the amplifier cannot exert influence on damping at all,
it is quite easy to find the required amount of feedback
to give critical damping (a=+/2). Better, the required
minimum sensitivity of the amplifier is found. Needless
to say, the inevitable losses in the feedback path have
to be compensated for by a corresponding increase in g.

The reduction of distortion is the same as the reduc-
tion of over-all amplification. The latter is found by
considering the ratio in which the total load to the cur-
rent source is changed. Easily we find as the feedback
factor:

b = 1 + gZdyn- (3)

The distortion reduction is effective only in the fre-
quency region, where Z,y, reaches appreciable values,
i.e., around the resonance frequency. The feedback dis-
appears where g-Zay, approaches zero, where we also
cannot expect any reduction of distortion.
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IV. REFINEMENTS

The above derivation is valid under two restrictive
assumptions. The first of these is the requirement that
the right-hand branches of the bridge (Fig. 1) have
infinite resistance. The second condition is that the
amplifier behave as a pure current source with respect
to the load. In order to gain insight into more practical
cases, these restrictions have to be removed. We will
show that the two restrictions are equivalent and that
their removal consequently can be carried out in one
step.

The first restriction is the least important. Referring
to Fig. 1, it amounts to putting £3>1. This is equivalent
to minimizing the output power lost in the shunt
branches of the bridge. As such, the restriction can
be easily satisfied. More important, however, is the
restriction on the amplifier, which requires its action as
a current source. A real amplifier has a finite internal
resistance R;, which under normal circumstances effects
considerable control over the loudspeaker’s fundamen-
tal resonance. Fig. 6(a) shows such an amplifier, with
its associated circuitry. For the sake of uniformity it is
represented as a current source 7 = ge;, with the internal
resistance R; in parallel. Figs. 6(b) and 6(c) show how
R; can be absorbed by the right-hand branches of the
bridge.

We see again a pure current-source amplifier that
drives a load via a bridge circuit, but the condition
k>>1 on the latter can no longer be satisfied. Due to the
inclusion of R,, ¢ may eventually become smaller than
unity. The bridge is still balanced, so that the voltage
between terminals 2 and 4 is proportional to the voltage
across Zayn. However, the full current 7 is no longer
flowing through Zuyn; an appreciable part is taken up
by the right-hand branches of the bridge.

The problem can again be treated by the technique of
the equivalent circuit with respect to the impedance
Zayn as the load. Motional feedback is then again
equivalent to voltage feedback. The equivalent circuit
with respect to Zay, can be represented as its Thevenin
or its Norton equivalent. We choose the latter repre-
sentation. The internal resistance with respect to the
load Zgy, is

R/ = (K + 1)(R: + R..), (4)

in which 2 now includes the effect of the amplifier’s
original internal resistance R;.
The short-circuit current (lowing when Zgy,=0) is,

k/
o=
B +1

S/

T =

Finally we get the circuit of Fig. 7(a). The current
source has acquired a new transconductance g':
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Fig. 6—Absorption of internal resistance of amplifier.
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Fig. 7—Net effect of motional feedback.

To this circuit we can apply our fundamental theorem.
We consider the parallel combination of Z,,, and R, as
the load to the current source 7'. Voltage feedback then
results in the appearance of a shunt resistance 1/g’. [See
Fig. 7(b)]. Note that the shunt resistance is larger than
before, since g’ <g. We finally obtain in parallel with
Zayn the following resistances:

1) R/, comprising the voice-coil resistance and the
combination of the bridge resistance R, and the internal
resistance R; of the original amplifier;
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2) the resistance 1/g’ appearing as the result of the
feedback.

The net effect is that the original damping resistance
R/ by the application of feedback is reduced by the
factor

- =14 g-F(Ri+ R,)

with

=k .

R; + k(R + R..)

The derivation shows that the treatment of the more
general case can be reduced to the simple case. The
process includes repeated conversions-into Norton-type
equivalent circuits. The final result is obtained by ap-
plying a basic theorem on the conversion of impedances
by the application of feedback. Due to its exceptional
simplicity, this theorem allows one to obtain consider-
able insight into a seemingly complicated situation.
Incidentally, it does the same in more conventional
applications of feedback.

At this point we conclude the theoretical treatment
of motional feedback. Assuming the loudspeaker con-
stants known, one can, with help of the discussion above,
obtain the required sensitivity g of the amplifier to be
used. In the concluding section some remarks are made
that may aid in matters of practical design.

V. MISCELLANEOUS REMARKS

1) One should not forget that the voltage developed
between terminals 2 and 4 of the bridge is actually a
fraction of the voltage across Zgy,. The attenuation is
given by

R,
Rl + va

€y — €3 = *€dyn,

where eayn is the voltage across Zg,,. The attenuation
has to be compensated for by a corresponding increase in
the over-all sensitivity as expressed by the required
value of g.

2) Given the fact that motional feedback operates
only around the resonance frequency, one should apply
normal feedback to the amplifier in order to reduce its
distortion. In general, voltage feedback will be more
advantageous, since it aids in the damping. Under (6)
we will describe a method of combining over-all voltage
feedback, operative at all frequencies, with motional
feedback.

3) To measure Zgy,, the bridge of Fig. 1 is to be
built and adjusted. It should be driven in such a way
that the current through the loudspeaker is constant,
independent of frequency. The voltage developed
across Zay, can be derived from the terminals 2 and 4.
The loudspeaker should be placed in a closed box, pro-
vided with absorbing walls to reduce standing waves.
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4) In these measurements on Zuy,, the influence of
the voice-coil inductance is considerable. For the meas-
urements, this difhiculty can be decreased by padding of
the right-hand bridge elements so as to improve the
balance of the bridge in this respect.

In Fig. 1 some possibilities are shown. One should
not forget that the voice-coil inductance and its loss
factor are not independent of frequency. It might be
necessary to increase the complexity. In the actual ap-
plication of the bridge, this method cannot be applied.
This is because the amplifier's internal resistance R;
comes in parallel with the bridge, thus spoiling the cor-
rection. A better method is to connect a corrective in-
pedance in parallel with the loudspeaker.

5) When the loudspeaker is part of a multichannel
system, the bridge can be placed either in front of the
crossover filter or in the low-frequency channel. Per-
haps the first method is the most convenient one. All
loudspeaker inductances have to be balanced out in
order to make the total impedance constant except
for the “motional” voltage developed by the low-fre-
quency channel. This all puts a considerable strain on
the accuracy and constancy of the filter elements.

6) An important problem arises in connection with
the unbalanced bridge. From the starting point on, it
has been assumed that the bridge is in dc equilibrium.
If this is not the case, two possibilities exist:

a) A part r of R, is effective in series with e
(Fig. 8).

b) The bridge is unbalanced the other way; the re-
sistance 7 is then to be considered negative. Since
the system is now likely to oscillate, this situation
ought to be avoided.

The first case, exemplified by Fig. 8, provides a useful
possibility for combining normal with motional feed-
back. In the source-load configuration studied above
(Fig. 5) the resistance 7 is to be considered in series with
Zayn. The feedback factor, expressed in 3) then does
not go to zero at frequencies where Zy, goes to zero.
Hence, voltage feedback is present over the whole fre-
quency range. In the resonance region this is partly
effective as motional feedback. In many cases this is
the only method for combining motional feedback with
voltage feedback around the output transformer. This
is due to the fact that the secondary winding of the
output transformer is floating with respect to earth.

7) The conventional method of providing variable
damping by unbalancing the bridge is not correct. A
better way is to provide a pure voltage feedback from
the right-hand section of the bridge, and to use a
potentiometer to vary the feedback toward motional
feedback. Fig. 9 shows the circuit to be used.
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Fig. 8—Unbalanced bridge.
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i Fig. 9—Method of varying the damping.

8) A major question involves the stability. If the
amplifier cuts off at a frequency above the loudspeaker’s
resonance frequency, motional feedback has little effect,
except on the dangerous possibility of oscillation. That
is because the amplifier then has a phase shift of about
90° around the resonance point. With feedback, the risk
os oscillation is considerably increased. Damping can-
not be expected, since the amplifier behaves as a re-
actance after the application of feedback (g is nearly
imaginary!) and a reactance cannot absorb power. This
stresses the requirement that the amplifier has to have
excellent low-frequency performance.

9) Inspection of Fig. 4 shows that the distortion re-
duction to be expected from motional feedback is only
effective around the resonance frequency. If the reso-
nance is very pronounced, considerable feedback re-
sults. The advent of modern, highly-damped loud-
speakers will cause the effect of motional feedback to be
deceptively small. This constitutes a basic limitation of
the principle of motional feedback. A gain in this re-
spect can be expected when the motional feedback is
deliberately made too large. It is then necessary, of
course, to correct in the preamplifier for the resulting
dropping response.

BIBLIOGRAPHY

[1] W. Clements, “A new approach to loudspeaker damping,” Audio
Engrg., vol. 35, pp. 20-22, 54-55; August, 1951.

[2] U. J. Childs, “Loudspeaker damping with dynamic negative
feedback,” Audio Engrg., vol. 36, pp. 11-13, 33; February, 1952.

[3] W. Clements, “It's positive feedback,” Audio Engrg., vol. 36,
pp. 20, 57-59; May, 1952,




22 IRE TRANSACTIONS ON AUDIO

January-February

A Stereophonic Transistor Preamplifier”

WERNER STEIGERY, SENIOR MEMBER, IRE

Summary—Designed to drive two transistor-power amplifiers
previously described, this preamplifier contains all the controls
necessary for stereophonic and monophonic programs. The first two
of the three stages form a complementary circuit readily adaptable
for the various input sources, which provides the necessary gain and
equalization for low-level phonograph and tape inputs, guard volt-
ages to reduce the capacitive effects of the input cables, and im-
pedance transformation for high-level inputs from tuners and other
tube circuitry. Loudness control is achieved by the combined effect
of variable negative feedback and a novel tone-control arrangement.
The frequency range, including the power amplifiers, extends from
below 6 cycles to above 50 kilocycles per second.

I. INTRODUCTION

HE stereophonic transistor preamplifier to be

described here was primarily designed to supple-

ment the negative-impedance power-amplifier
which was the subject of a previous paper.!

Fig. 1 shows a complete stereophonic system, using
two of the twelve-watt amplifiers presented there. As
apparent from this block diagram, the preamplifier con-
sists essentially of two input amplifiers with the neces-
sary switching arrangement to select the various input
sources, stereo controls for mode of operation and
balance adjustment, loudness and tone-control cir-
cuitry, and finally, two output stages designed to drive
the power amplifiers. These various portions will now
be discussed.

o +=

A
8 |
INPUT TONE CON~
AMPLIFIER ;fs.iou TROLS, OUT- ! POWER
2 SELECTOR PUT AMPLIE -?-
6.2 —  F6.3 [ AMPLIFIER
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J
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Fig. 1—Stereophonic amplifier system.

II. THE INPUT AMPLIFIERS

The input amplifier is a flexible two-transistor ar-
rangement whose performance readily adapts to the
different requirements for the various input sources.

* Received by the PGA, November 10, 1960.

t Hughes Semiconductor Div., Newport Beach, Calif.

1'W. Steiger, “Transistor power amplifiers with negative output
impedance,” IRE Traxs. oN Aubio, vol. Au-8, pp. 195-201; No-
vember-December, 1960.

The signals from magnetic phonograph cartridges
and tapeheads require low-level amplification and play-
back equalization. Most magnetic cartridges have a
fairly high inductance and consequently demand a rela-
tively high load impedance at higher frequencies. A re-
sistive load in the order of 50 to 100 K ohms is in general
satisfactory, but it is equally important that capacitive
loading (primarily by the cable) is kept low enough so
that no resonance occurs at audible frequencies. The in-
put amplifier was therefore designed to furnish guard
voltages for the phonograph and tape cables.

AM-FM tuners and television sets on the other hand
deliver high-level signals. In this case, the input ampli-
fier functions merely as an impedance converter, rais-
ing the low impedance at the stereo controls to the order
of 100 K ohms. Although tuners with cathode follower
output could drive the amplifier directly, the impedance
conversion, needing no additional components, has
several advantages: replacement of the tuner output
capacitor by a large electrolytic value is not necessary;
the amplifier can be connected directly to the sound
discriminator of a TV set, or to most vacuum tube cir-
cuitry; the arrangement of the program selector switch
becomes comparatively simple.

The circuit of the input amplifier uses two directly
coupled complementary transistors and is shown in Fig.
2. The component values for the complete preamplifier
are given in Table I.

In the tape and phono positions, negative feedback
by Ry from the collector of Qs to the emitter of @, re-
stricted to dc by C,, stabilizes the operating points of
both transistors. Playback equalization and the neces-
sary rise of input impedance at higher frequencies are
obtained by separate ac feedback networks (Rs R,
Cs, Cy for phono, and Ry, Ry, C; [or tape).

Under the assumptions that A=k =0, ka>>1, and
1/hoa>>hie2a+Z1, it can be shown that the input amplifier
in its low-level mode has the following characteristics.

Voltage gain;
[ N hiy + Zy :|"1
= g — .
Ilf,g(Z-g”Z[,)

Input impedance:

Zin = hpallioy + Z1 + olyea(Z4| Z1)).
Output impedance:
thjcl(ftﬂd + Zl),t ZG’

Zoww = Z
’ : o'hfelh/e‘.’
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Fig. 2—Input amplilier.

TABLE |
PARTS LIST FOR STEREOPHONIC PREAMPLIFIER

Ry, Ry, Ry 470 K
Ry, Rs 220 K
Rs, Rio 15 K
Ry 6.8 K
Rs, Rg, Ry 47 Ohm
Ry, Ria, Ris, Ryo, Ry2, R 10 K
Riz, Ras, Ry, Ry 1 K
1 3.3 K
Ris, Ris, Ru, Rae 2.2 K
Rn, Ru, R27' R:u 47 K
Rig 22 K
Ry 100 K
R'_rﬁ, R;u 100 Ohm
P, P; Linear 20 K
P, Dual, see text 2X25 K
Py Logarithmic 50 K
G 5 uF, 12V
C: 100 uF, 12V
Cs, Cs 47 nF
4, Cs 10 nF
Ceo Cux 10  wF, 12V
b 4.7 nF
Cy 22 nF
Cio 0.47 uF
Cn, Cis 0.22 .“F
" 0.1 uF
1 100 uF,50V
Cis, Ciz, Cus 250  pF, 25V
1 Qs P-N-P transistor, 2N324, 2N508,
or simi.ar high-gain unit.
Q: N-P-N transistor, 2N169, 2N 1304,
or similar high-gain unit.
D Hughes silicon diode 1N859
S Rotary switch 6 X4 positions
S Rotary switch 4 X9 positions
where

¢ =ac negative feedback ratio, determined by the
feedback network,
Z,=Circuit impedance seen by the emitter of Qy,
Z,=Impedance resulting from the parallel connec-
tion of Rig, Ru, hoe2, and the feedback network,
Z ¢ =Source impedance,
Z 1 =Load impedance.

The voltage gain v of the two stages is chosen to be
200 at midfrequencies for phono and at high frequencies
for tape. For pickups with comparatively high output,
more negative feedback may be applied by increasing
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Rs. The driving voltages for the inner shields of the
cables are derived from the emitter of Q..

In the radio and TV positions, the small resistor R;;
provides full feedback for all frequencies down to dc,
which results in a voltage gain of approximately unity.
Due to the very high current gain of the combination,
however, the input impedance is essentially determined
by the bias resistors R4 and Rj of Q1.

111. STEREO CONTROLS

The signals from the two input amplifiers are then
fed to the stereo control arrangement shown in Fig. 3,
which consists of the mode switch S, and the balance
potentiometer Pi.

In the monaural positions either channel 4 or B or
the sum of the two can be routed to the left or the right
channel or to both in any desired proportion.

For stereophonic operation, S; has six positions, three
each for normal and reverse stereo. The reverse positions
simply interchange the two input channels. A choice is
possible between full stereo, two-thirds and one-third
stereo. This allows correction for exaggerated recordings
or too widely-spaced speakers. In these cases, the stereo-
phonic effect is reduced by cross-feeding some of each
channel’s signal into the other channel.

FROM O = AN\/—9—0 TO TONE
INPUT- B A s RIS CONTROLS
AMPLI- [ LEFT

[]
":‘:‘i‘:‘ 2 MONO 5] Rle CHANNEL
NELA ST. O "_IW_‘

REV.ST. B Ri7

.ST. Oy
o —1—A\—
Ya ? i RIB
|| % .
S2A $<_°_|
s2p BALANCE < I
%
|/,l l ox | | RI8

REV.ST. o1 RII;
FROM ST, O’;—"-
INPUT- 593
AMPLI~ °M°N° RIG TO TONE
ZHAN- 8 R AR s -
NELB O W O CHANNEL

Fig. 3—Stereo controls.

IV. ToNE AND LoubpNESs CONTROLS

At midfrequencies, the signal transfer through the
tone control circuit (Fig. 4) is essentially determined by
the ratio of Ry and R,;. Treble boost or cut is adjust-
able by potentiometer Pj.

In the arrangement presented here, the low fre-
quencies have two ways to reach the base of transistor
@s, namely through Rso, Rs, and P,, and, bypassing the
loudness control, through R,g, P4 and Rze. This permits
more effective use of the available bass frequencies. The
second path gains in relative influence as P, is turned
down and thus helps to make it a loudness control rather
than a volume control.
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However, the loudness control characteristics are
primarily achieved by frequency dependent negative
feedback from the power-amplifier output. This feed-
back is determined by the network consisting of Cis,
Cu, Rs7 through Ry, and by the position of P, whose
lower portion is part of the feedback loop. If the loud-
ness control is set to very low values, maximum feed-
back occurs, chosen approximately 20 db at midfre-
quencies and 10 db at high frequencies, but not extend-
ing to low frequencies. As the loudness control is turned
up, this equalization contour is gradually flattening out.

By interrupting the feedback, a switch, labeled pres-
ence, permits accentuation of the midfrequencies if de-
sired.

It is true that this feedback, being derived from the
output of the power amplifier, reduces the negative out-
put impedance. However, since the low frequencies are
not fed back, the negative impedance remains un-
affected in the range of its importance, the region about
the speaker resonance frequency.

It is desirable that the loudness-control potentiome-
ters are only slightly logarithmic, since the variable
feedback itself causes a curved characteristic. Were it
not for the feature that the feedback can be switched
off, a linear taper would be satisfactory.

I[ ————— c7” | pPa Themie
I p——r -
FroM Rig C8 I cs i ro PowER
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CLILLT | Srzo Ru$ | |Louomess ciz | DLy
| oy .
: — | PZ.:Q—é—l F'H
| ¢l Pa | $R2z
I —#—4 £
: | _8ass | | =men
A
I — — i
Tl rRS30 =cK4 |
4 o FROM POWER-
e ¢ V—— W0 ampLiFiER
PRESENCE | R29 R28 | CI3 | OUTPUT
| o |
L4 2
circurt soaao——IL R27 J'

Fig. 4—Tone controls and output amplifier.

V. OuTrut AMPLIFIERS AND POWER SuprLy

Transistor Q3 (IFig. 4) is arranged in a straightforward
stage with moderate gain, designed to drive the power
amplifier. Some negative feedback stabilizes the operat-
ing point and improves linearity.

The input impedance of the power amplifier is some
3500 ohms. Ry is chosen about /2 times this value,
and the collector voltage of Q; (5 volts) isapproximately
three-tenths of the supply voltage. This represents an
optimum condition, as can be seen from the following.

Consider a transistor in common-emitter connection,
having a collector resistor Re¢, a supply voltage E, and a
capactively-coupled load resistor R;,. The bias condi-
tions for optimum class .1 operation, that is, clipping
occuring symmetrically, follow from simple load-line
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considerations. If the saturation voltage is neglected
and no emitter resistance is present, collector voltage
and current have to be

E
Up = — ,
2 + Re/R.
7 U<1—|—1>
“T"NRe ' R

For this operating point, the power gain, taken as the
ratio of power delivered to the load R; and power con-
sumed by the transistor input, can be expressed in the
form

nhseq
o o hal
kT

where

1
" T 23+ 2Ru/Ro+ Re/Ry)

is the circuit efficiency, that is, the ratio of maximum
output power Pr..x to dc supply power EXI¢. (The
transistor input impedance was approximated by
hekT/(qlc), and h,. was assumed to be much smaller
than the load admittance).

Evidently, both power gain and efficiency assume
maximum values if

Re = V2 Ry

The efficiency is then
3 —
Nmax = o v/2 = 8.6 per cent,

and the maximum output power

3 — 2V2)E
( T ,)4 — = O()43E2/RL)

Prux =
4R}

which in the present design amounts to 2.7 milliwatts.
The power amplifier requires 0.1 to 0.3 milliwatt for
full output.

The supply voltages are furnished by the simple
rectifier and filter circuit shown in Fig. 5. The rectifier
receives its ac voltage from the power-amplifier trans-
former.

VI. PERFORMANCE

The frequency response of the stereophonic amplifier
system is illustrated in Fig. 6. These measurements
apply to the high-level inputs and include the power
amplifier with a resistive 8-ohm load and the output
impedance adjusted to minus 4 ohms.

The two sets of curves demonstrate clearly the action
of the loudness control. The curves passing through zero
decibels at 1000 cps represent the response when the
loudness control is turned fully clockwise. The lower
curves were obtained with the loudness control turned
back by 40 db at 1000 cps.
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Fig. 5—Power supply.

In each case, the range of the tone controls is dis-
played by the curves for maximum boost and maximum
cut of the bass and treble frequencies. With the tone
controls in their center positions, the 3-db points of the
response curve are at 6 cycles and 50 kilocycles for full
loudness. At minus 40-db loudness, they move to be-
yond 3 cycles and 100 kilocycles.

The distortion of the preamplifier was measured at
1000 cps and at an output of 200 microwatts, the av-
erage level required by the power amplifier to deliver 12
watts into an 8-ohm load. The total harmonic distortion
remained below 1 per cent, even in the unfavorable
situation where one input amplifier, fed by a low-level
source, drives both channels (positions 4 or B, mon-
aural).
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Fig. G—Frequency response. High-level inputs,
including power amplifier.

The sensitivity (input required for rated output) at
1000 cps is 7 millivolts for the low-level inputs, and 1.5
volts for the radio and TV inputs. If necessary, the
high-level inputs can easily be made more sensitive by
increasing the negative feedback resistor R;; in the in-
put amplifier.

Polarity, Phase and Geometry*

PAUL W. KLIPSCH{, SENIOR MEMBER, IRE

Summary—Following the teaching of the early Bell Telephone
Laboratories’ experiments in auditory perspective, wide speaker
spacing is needed to realize accuracy of geometry. This results in
substantially random phase, so that polarity is relatively unimpor-
tant. This is supported by Lissajous figures of two-channel stereo
signals.

It is still good practice, however, to observe polarities, if for no
other reason than to permit monophonic reproduction over a stereo-
phonic array. Where the stereo signals contain a strong monophonic
component, correct system polarity is better than random polarity.
In some stereo situations, bass is improved by correct polarities.

* Received by the PGA, July 20, 1960. Presented in part at
Albuquerque IRE Section, November 17, 1960; Austin IRE Sub-
section, December 7, 1960; and San Antorio [RE Section, December
8, 1960.

t Klipsch and Associates, Hope, Ark.

INTRODUCTION

NOW.,!in 1953, wrote, “It is also good practice to

observe a poling convention through all channels,

including the microphones and speakers, although
the channel spacings are so wide that only very low
frequencies can be considered at other than random
phase in one channel compared to another.”

The work of Bell Telephone Laboratories from 1931
to 1933 in various forms of “auditory perspective” em-
ployed spacing of the order of 40 feet. Snow pointed
out that the sound source cannot be wider than the

'W. B. Snow, “Basic principles of stereophonic sound,”
J. SMPTE, vol. 61, pp. 567-589; November, 1953.
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speaker array. Recent practice of 3- to 6-foot spacing
offers compactness as its only merit. Narrow micro-
phone spacing by use of the stereo microphone? should
not be confused with the narrow microphone spacing
employed for binaural effects. The stereo microphone
may prove to offer the advantages of three spaced
microphones, including accuracy of stereo geometry.?
The work of Snow thus needs to be interpreted in terms
of the various recent concepts.

As a tool or at least a heuristic medium, the Lissajous?
figures will be resorted to.

Lissajous FIGURES

The Lissajous figure produced by impressing one
stereophonic signal on the vertical deflection and the
other on the horizontal was first witnessed by this
writer in late 1956.% at which time it was regarded as a
curiosity. Later it was used as means to prove that a
claimed stereo recording was actually monophonic.
Bauer and Sioles® used the figures to draw important
conclusions relative to stylus motion, nature of signal
content, and other features of a stereo recording. Ob-
serving order and polarity, the vertical plates might in-
dicate the left channel, the horizontal, the right; up and
to the right are “positive” pulses with respect to a pol-
ing convention, and the amplitudes are adjusted so that
equal channel voltages will produce equal deflections.
Then, a single line at 45° represents a normal mono-
phonic signal; a line at 135° would be a monophonic
signal with one-channel polarity reversed. A narrow
pattern with 45° slope would suggest a monophonic
signal with slight amplitude or phase errors. A “small”
phase error would be, say, one or two degrees, as distinct
from a polarity reversal or precisely 180°. A perfectly
random situation would be a pattern that is substan-
tially symmetrical in general outline, with no significant
major or minor axes.

EXAMPLES

This writer recorded a symphony orchestra in 1955.
Microphones were 22 feet apart, about 15 feet in front
of and 15 feet above the podium. Lissajous figures of the
two-channel recording display a complete randomness,
asin Fig. 1. Listening tests reveal that polarity reversals
of any speaker or channel are not detectable aurally.
This applies to two-channel playback and also to two-
track with bridged center speaker playback. The in-
difference of the “center channel” to A+B or A—2B

2 Two directional microphones in a single housing: an excellent
example is the Telefunken SM-2 which, with 180° spacing of the
cardioid patterns for a 90° pickup, rendered substantially the same
accuracy of stereo geometry as did the best spaced-microphone
technique.

3P W. Klipsch, “Signal mutuality in stereo systems,” IRE
TRANS. ON AUDIO, vol. Au-8, pp. 168-173; September-October, 1960.

¢« Lord Rayleigh, “Theory of Sound,” The Macmillan Co., New
York, N. Y., pp. 28-30; 1877 (reprinted 1937).

5 ], M. Eargle, personal communication.

¢ B. B. Bauer and G. W. Sioles, “Stereophonic patterns,” J.
Audio Engrg. Soc., vol. 8, pp. 126-129; April, 1960.
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Fig. 1—Complete randomness is shown by the Lissajous figure from
a tape recording of a symphony orchestra with omnidirectional
condenser microphones 22 feet apart.

recombination is significant in indicating the completely
random phase conditions. The independence of polarity
was not affected by speaker spacing.

The “derived center channel” was found to be effec-
tive in “focusing” the soloist near the center of the
“playback stage.” Properly adjusted, the focus was
such that observers on axis judged the singer to be a
trifle left of center; observers off axis tended to judge
that the soloist was slightly displaced in the direction
that the observer was off axis.

By extreme contrast a monophonic signal shows a
tilted line, and polarity reversal of one of a pair of
speakers is evident by an approach to cancellation as
the speakers are brought closer together—this is par-
ticularly noticeable in the bass range. A derived center
channel requires a sum mixture signal. Use of the null
produced by a difference signal is a convenient test for
balance. Obviously then, for playing monophonic pro-
gram material over a stereo system, “a paling conven-
tion” should be observed. In fact, this is one suggested
way of checking polarity.

Between the two extremes of truly random phases
and the zero phase-shift of monophonic lie an infinitude
of variations.

Fig. 2 shows the same orchestra, this time playing
softly behind a soprano soloist. The soloist was about
5 feet left of center and the same two microphone loca-
tions applied. The Lissajous figure was of a sustained
high note which was well above the loudness level of the
orchestra. The vibrato cycle with its frequency modula-
tion gives rise to the phase shifts which are not randem,
as in the case of an ensemble of instruments, but may be
considered random for purposes of sound reproduction.
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Fig. 2—The same orchestra as backgrouad for a soprano soloist,
with the same microphone spacing as for Fig. 1. Lack of a sloping
major axis indicates randomness of phase.

Here again, polarity of speakers is immaterial, and
a derived center channel may be played with either a
sum or difference mixture signal with no audible dif-
ference.

A center microphone output might be regarded as a
“monophonic component” which could be tested for by
its cancellation in a difference combination signal for a
center derived channel. Such a center microphone out-
put, mixed into two sound tracks, introduces a compo-
nent which is visible in the Lissajous figure. Similarly, a
“stereo microphoue” with its cardioids spaced at 180°
exhibits an overlap region in the center of the angular
pattern. The result is similar to that produced by a
center microphone in a spaced microphone array. Fig. 3
shows the pattern produced by such a microphone. At
this recording session, the subject matter was a “stage
band.” The microphone was suspended 13 feet above
the stage floor, the cardioids set at 180° and in front of
band-to-microphone spacing chosen such as to subtend
approximately 9G°.

The Lissajous figure is typical of that observed; the
major axis is at 45° and the ratio of major to minor axis
is about 2:1.

The derived center channel of a derived three-channel
array had to be played at some 6-db lower level than for
recordings made with two spaced microphones.

Geometric accuracy of the wvarious microphone
configurations were restudied,? including three spaced
microphones with electrically independent channels,
and the various uses of two electrical sound tracks with
“derived” third channels. The same order of magnitudes
of accuracy of geometry was found in each; the only
notable difference was that the center derived output
using the stereo microphone was always toa loud and
needed about 6-db extra loss for balance. And, this
derived center channel was particular about being
A-+B or a sum signal rather than a difference. With
widely spaced Hanking speakers, polarity of flanking
units did not seem to be particularly significant in any
of the recordings, although some cbservers seemed to
detect polarity effects when the derived center chan-

7 P. W. Klipsch, “Stereo geometry tests,” presented at Acous.
Soc. Amer. Convention, San Francisco, Calif., October 22, 1960: sub-
mitted to J. Acous. Svoc. Amer.
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Fig. 3—Lissajous figure produced by recording a jazz band with a
Telefunken Sterea microphone. The overlap between cardioid pat-
terns produces a monophonic component indicated by the eHipti-
cal pattern. Maintaining correct palarities results in the 45° slope
of major axis.

nel was cut out. Another group of recordings involved
deep bass. A theater organ with two pipe lofts about 50
feet apart was recorded with two microphones about 40
feet apart and each microphone about 15 feet from its
respective loft. Playback of this recording was indif-
ferent to polarity changes; in spite of the deep bass, the
two stereo signals were substantially random. Consider
a single source such as a 16 foot tibia in the right loft;
the left microphone output would be some 10 db below
that of the right microphone so that, regardless of
phase, no cancellation could occur, and the spacing of
40 feet was 2.5 half wavelengths.

In this case, the derived center playback channel is
not noticed, which is as it should be. By itself, the center
channel is indifferent to a choice of A+B or 4 —B,
which again is as it should be.

Many of the disk recordings currently extant seem to
display only a little “polarity effect.” An error in wiring
a pickup head existed for several months without dis-
covery. When corrected, no noticeable improvement
evolved. Had the playback system been two-channel on
a narrow array, it is possible that the error would have
been discovered by listening. As it was, playing a stereo-
phonic test record® was the tip-off and this type of rec-
ord is as necessary as the tone records were for mono-
phonic.

8 “Electranics World,” Stereo/Monophonic Test Record, Ziff-
Davis Publishing Co.
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The fact that one may wish to play monophonic
program material over a stereo system is alone sufficient
to demand proper polarities. The improved response of
stereo program material containing strong monophonic
components should be an inducement. Actually, some-
thing like nine tenths of the stereo program material is
indifferent to polarity which is perhaps the reason that
this writer postponed “phase” worries until weightier
problems had been settled.

MAINTAINING POLARITY

Maintaining polarities in a tape systen{ is particularly
easy. If everything that is not grounded is regarded as
“plus,” the polarity takes care of itself up to the am-
plifier output terminals. From there color-coded wire
may keep things right side up as far as the speakers.
The speaker system may or may not be polarized but, if
not marked, the manufacturer can give a schedule by
which the driver units can be traced back through the
network to the input terminals, which may then be
coded.

The disk phonograph is not so easy, but with four
terminal pickup heads and a test record, one pair of
leads may be reversed, if necessary, to get things right.
And if, in the plurality of possible reversals a mistake
is made, it isn’t fatal.

CONCLUSION

Polarity is a special case of phase. Polarity can be
only 0° or 180°, whereas phase may be any value be-
tween 0° and 360° or multiple thereof. Therefore, where
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line reversal of a speaker is involved the author prefers
Snow’s “polarity” term rather than the current mis-
nomer “phase.”

Polarity is mainly of significance when monophonic
signals are being reproduced, or where the stereo signals
contain a strong monophonic component. These cases
are sufficiently important to force agreement with
Snow that it is “good practice to observe a poling con-
vention. . . . "

APPENDIX

Terminology relative to a center speaker bridged
across two channels of stereo to form a combination
channel is still a matter of controversy. Since the effect
of a third channel is simulated about as closely as with
three electrically independent channels*? the term
“derived center channel” is used here, but with the con-
cession that a better terminology may arise.
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Modification of the Magnecord
Professional Tape Recorder*

This modification was undertaken in an
effort to reduce mechanical flutter in the
reproduced signal of a Magnecord PT63AH
tape transport mechanism. It took the form
of adding a stabilizing flywheel driven by the
tape motion, as shown in Figs. 1 and 2.

Since the upper circumference of the
stabilizing flywheel is three quarters of an
inch above the highest point of the machine
front panel, the machine was mounted on an
extension panel designed and notched for re-
lay rack mounting as in Fig. 3. This notched
panel has become a permanent fixture to the
machine since it provides clearance for the
flywheel. As a result of this extra clearance
space required for the flywheel, this machine,
being impractical for remote location work.
has become the permanent relay-rack
mounted recorder.

Fig. 4 shows the lower idler wheel re-
moved from the front panel of the machine
and a hole punched in the panel at that
point to clear the bearing race of the pro-
posed flywheel and stabilizer drum. At first,
it was decided to fit the mandrel shaft and
the stabilizer drum together from two pieces,
by expanding the drum with heat and allow-
ing it to contract on the mandrel shaft. This
was entirely unstaisfactory however, since
concentricity could not be maintained or
regained. A second shaft and drum was
machined from a solid piece of cold-rolled
steel and turned between centers on the
lathe, and, while the small diameter and
length of the mandrel shaft tended to spring
slightly, very light cuts were taken and
micrometer measurements made after each
cut to insure that tapering was not taking
place.

The machined shaft and drum was fitted
into the ball bearing races and a dial indi-
cator device was set up to measure the total
run-out in thousandths of inches. There was
no perceptible movement of the dial indi-
cator pointer when the stabilizer drum was
rotated slowly by hand.

A portion of the machine superstructure
had to be cut away as in Fig. 5 to provide
clearance for the upper lip of the flywheel,
and the entire erase-bias oscillator chassis
structure was moved two and one half inches
to the rear. Additional bracket supports
were fitted to the superstructure, which hold
the bias-erase oscillator three inches imme-
diately to the rear of its former positios.

The flywheel and drum parts are shown
in Fig. 6, and the assembly operation in
Fig. 7. The first stabilizer drum was quite
small, and it took an excessively long pericd
of time to bring the flywheel up to speecl, and
the wrap of the tape around the drum was
not sufficient to maintain flywheel speed.

* Received by the PGA, July 20, 196Q; additional
material received, November 23, 1960.

ot
=i

5-40 allen ser screw l'}

Fig. 1—Assembly of stabilizing flywheel. The space between the mandrel and the bulkhead of the machine is fo1
a 1/32-inch spacmg washer to provide clearance for the sealed surface of the front bearlng The bearings are
push-fitted into the race openings. The 5-40 Allen set screw in the ﬂywheel secures it to the shaft. The 3/8-
inch dia. spacing collar between the flywheel and the rear bearing raceway is to provide upper lip clearance of
the flywheel to the machine superstructure.
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Fig. 2—Mandrel and bearing race detail. The three equally-spaced mounting holes in the rim of the bearing
mandrel are drilled No. 28, clearance drill for 6-32 machine screws.

Fig. 3—An over-all view of the completed modification project on a Magnecord PT63AH tape transport mecha-
nism. The stabilizer drum can be seen in position formerly occupied by the lower idler wheel. The stabilizer
drum in this photograph was the first one made. It proved unsatisfactory because the small diameter of the
stabilizer drum did not provide enough wrap of the tape to bring the flywheel up to speed nor to maintain the
speed. A second larger drum was made with a greater surface for tape wrap, allowing flywheel speed to be
.maintained with a lower percentage of slip between the tape and the drum surface.
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Fig. 4—A front view of the Magnecord LT3AH tape transport mechanism during the

modification process. The punched hole for the stabilizer bearing raceway, plus
the three mounting holes, spaced 120 degrees apart, can be seen. The mounting
hole nearest the three head record-reproduce assembly is countersunk for a flat-
head screw, to provide clearance for the head assembly cover. The other two
bearing mount screws are binder heads to match the other screw heads that ap-
pear on the front panel. The notched relay rack mounting panel extension is
shown here as a permanent fixture to the machine because of the overhang by
1he stabilizer flywheel.

Fig. 5—A closeup view of the Magnecord PT63AH modified machine showing the
erase-bias osrillator dismounted, but with its extension bracket, plus the dis-
mounted rewinding motor. The cut-out portion of the machine superstructure
can be seen where the upper lip of the flywheel extends above. This picture shows
the compgeted stabilizer flywheel assembly just after completion of the modifi-
cation job.
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Fig. 6—A closeup view of the stabilizer flrwheel and drum assembly parts. The

bearings support, shown in the upper left-hand corner, was machined from a
solid piece of cold-rotled steel. A hole was drilled through the center for mandrel
shaft clearance. The bearing support was then mounted on a mandrel and
turned between centers for the outside shoulder and the inside bearing race
surfaces. In the photograph, the upper mandrel shaft and stabilizer drum was
first made by joining two pieces with heat, but proved unsatisfactory since con-
centricity could not be maintained in the process. The lower shaft and drum
was machined from a solid piece and turned in a lathe between centers where it
maintained very close tolerances. The little collar is placed on the mandrel shaft
between the rear bearing race and the flywheel proper, as a spacer. The flywheel
was machined all over from a solid bronze casting, drilled and tapped for a
5-40 Allen set screw.

Fig. 7—The author mounting the flywheel on the mandrel shaft of the modified
Magnecord PT63AH tape transport mechanism. The extension bracket on the
erase-bias oscillator can be seen. The rewind motor assembly was dismounted
during the modification process to permit access into the machine superstructure,

World Radio Histo
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When the second shaft was machined, the
size of the stabilizer drum was increased to
that of the original idler wheel (0.720 inch).
This permitted sufficient wrap of the tape
to bring the flywheel up to speed, and to
maintain speed even at the 15-inch per sec-
ond tape speed, and still there was adequate
energy stored in the flywheel to provide a
stabilizing influence on the tape motion.

in the absence of a flutter meter, 1 used
the following method of determining insta-
bility in the tape motion of the machine:
Record a sinusoidal tone of some midrange
audio frequency, say 3000 cps, and then,
without disturbing the audio generator, play
back the tape and “zero beat” the tape-re-
corded signal against that of the generator.
By virtue of this comparison, minute flaws
in stability show up quite nicely and are
easily detected by the unaided ear. The
human ear, under certain circumstances, is
an excellent comparing device capable of
detecting very small deviations of two tanes
very near the same cyclic rate within the
audio hearing range. The differential be-
tween the two tones takes the form of
“beats.” The beats become slower as the

Correspondence

two tones approach coincidence, or the sane
frequency. Flutter and wow can be easily
separated and identified, although, due to a
lack of instruments, the percentage is un-
measurable.

Before the modification, there was ap-
preciable unsteadiness in the tape motion, as
indicated by this comparison process, prin-
cipally resulting from the method of drive
through the use of intermediate friction
drive wheels between the motor shaft and
the capstan flywheel. In this connection, it
is interesting to note the very-low-flutter
figures obtained with the Ampex endless-
belt drive systems, where the intermediate
drive wheels are eliminated.

Even in view of the drawbacks of the
drive system under consideration, a most
gratifying result was immediately obvious
by reason of the addition of the stabilizing
flvwheel described. The same midaudio fre-
quency tone from the generator and from
the recorder was so closely coincident and
so nearly equal in stability that there was
difficulty in determining from which source
the tone emerged. Switching back and forth
from the generator output to the recorder
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output, it was impossible to detect instabil-
ity. Only when the combined outputs from
the generator and the recorder were listened
to was there any discrepancy between the
two. Compared to results before the modifi-
cation, this was considered about all that
could be accomplished in the way of tape-
motion stabilization without completely
rebuilding the machine to encompass an-
other system of drive.

In conclusion, significant improvement
in the stability of this machine for smooth
tape motion was noticed immediately after
the job was completed. This was particu-
larly so in the case of recording and repro-
ducing constant tones. However, ordinary
wide-range music listening tests were not
appreciably improved, except at the 15-inch
per second speed. For a relatively minor
modification, the results indicated a major
improvement in the steadiness of tape mo-
tion, and a very worthwhile experiment in
machine shop practice for someone so in-
clined and so equipped.

Joun D. HArMER
Columbus, Ohio
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Albert Baaba was born in Chicago, 111,
on February 4, 1932.

He was a radar technician in the United
States Air Force from
1950 to 1952. In 1956,
he joined the Manu-
facturing Division of
Ampex Corporation.
He transferred to the
Ampex Corporate Re-
search Division, Red-
wood City, Calif.,
in 1958, and has en-
gaged in research on
various aspects of
magnetics and mag-
netic recording, most
recently in the position of project engineer.

A. BaaBa
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Egbert de Boer was born in Amsterdam,
The Netherlands, on July 8, 1928. He stud-
ied at the University of Amsterdam, re-
ceiving the Sc.M. de-
gree in physics in
1953. In 1954 he
joined the Physical
Laboratory, Otorhi-
nolarynogology clinic
of the Wilhelmina
Hospital, Amster-
dam, where he did
research on cochlear
microphonics and on
auditory signal anal-
ysts. In 1956 he re-
ceived his Doctorate
in Physics and Mathematics from the Uni-
versity of Amsterdam.

In 1957 he did research on communica-
tion biophysics at the Massachusetts Insti-
tute of Technology, Cambridge, on a Ful-
bright Travel Grant. In 1958 he returned to
The Netherlands, and is currently engaged
in research on auditory masking and audi-
ology.

Dr. de Boer is a member of the Neder-
landse Natuurkundige Vereniging (Phys-
ical Society), the Nederlandse Vereniging
voor Audiologie (Audiological Society),
and the Nederlandse Keel-, Neus-en Qorheel-
kundige Vereniging (Society of Otorhino-
laryngology).

E. pE Boer
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Donald F. Eldridge (A’S0-M'55) for
photograph and biography, please see page
68 of the March-April, 1960, issue of these
TRANSACTIONS.

Demetri P. Kanellakos (§'55-M’'60) was
born in Tripolis, Greece, on October 26,
1932. He received the B.S. and M.S. degrees

in electrical engineering in 1956 and 1957,
respectively, from Illinois Institute of Tech-
nology, Chicago, Il

From 1956 to 1958
he served as an in-
structor of electrical
engineering at Illinois
Institute of Technol-
ogy teaching various
courses, and at the
same time he pur-
sued further graduate
studies and did re-
search at the same
institute. From 19358
to 1960 he was with
the Armour Research
Foundation of Illinois Institute of Technol-
ogy, where he worked in the microwave
department on circular waveguide compo-
nents, the shielding effectiveness of electro-
magnetic enclosures, the application of the
magneto-resistive and Hall effects to micro-
wave electronic circuit devices, and para-
metric amplifiers. Since August, 1960, he has
been employed by the Radioscience Labora-
tory of Stanford University, Stanford, Calif.,
as a research associate working in the field of
ionospheric wave propagation.

Mr. Kanellakos is a member of Eta
Kappa Nu and Sigma Xi.

D. P. KANELLAKOS
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Paul W. Klipsch (A’34-M'44-SM'45),
for photograph and biography, please see
page 106 of the May-June, 1960, issue of
these TRANSACTIONS.
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Roland P. Schuck (5'57-M’59) was born
on December 10, 1931, in Chicago, Ill. He
received the B.S. degree in electrical en-
gineering from the
University of Illinois,
Urbana, in 1958.

He served in the
U. S. Navy as a com-
munications techni-
cian for the Nation-
al Security Agency.
Since 1958, as a staff
member at Armour
Research  Founda-
tion, of Illinois Insti-
tute of Technology,
Chicago, he has been
engaged in a variety of electronic rescarch
projects in the field of electronic instrumen-
tation. His most recent work has been the
investigation of the Hall effect as applied to
the advancement of the state-of-the-art of
electrical measurements and communications.

R. P. Scuuck

Mr. Schuck is an associate member of the
AIEE. He received his certificate for Pro-
fessional Engineer-in-Training, state of Illi-
nois, in 1958.
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Werner Steiger (M'58-SM’60), for photo-
graph and biography, please see page 236 of
the November-December, 1960, issue of
these TRANSACTIONS.
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Alva C. Todd (A'38-M'47-SM'54) was
born in Ligonier, Ind., on July 30, 1917.
He studied at Indiana University, South
Bend, the George
Washington Univer-
sity, Washington,
D. C., and Purdue
University, Lafay-
ette, Ind., and re-
ceived the B.S., M.S,,
and Ph.D. degrees in
electrical entineering
from the latter.

After serving as a
Lieutenant at the
U. S. Coast Guard
laboratory  during
World War II, he joined the electrical en-
gineering staff at Purdue University. In
addition to teaching assignments and thesis
direction, he was responsible for the organi-
zation and operation of the electronics in-
strumentation laboratory. In 1953, he be-
came Director of Engineering at the Four-
nier Institute of Technology, Lemont, 11l
In addition to his administrative re-
sponsibilities, he taught courses in com-
munication engineering, antennas and
waves, and network theory. He joined the
Farnsworth Electronics Co., Ft. Wayne,
Ind., in 1955 and served as a consultant to
the microwave and radar departments, and
in 1956 entered private practice, specializing
in electronic instrumentation and control.
He joined the staff of the Armour Research
Foundation of the Illinois Institute of Tech-
nology, Chicago, in 1957, and was responsible
for a wide range of programs, including the
development of circular electric waveguide
components and special-purpose microwave
antennas, and a broad study aimed at ad-
vancement of the state-of-the-art of elec-
tronic instrumentation techniques. He joined
the Hallicrafters Co., Chicago, 1li., in 1960,
and is in charge of applied research in the
military division.

Dr. Todd is a member of AIEE, Eta
Kappa Nu, Tau Beta Pi, and Sigma Xi.
He served as the IFaculty Adviser of the IIT
student chapter of AIEE and is currently
the Chairman of the Electronics Commit-
tee of the Chicago chapter of AIEE. Heisa
registered professional engineer in Indiana
and Illinois.

A. C. Tobp
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INSTITUTIONAL LISTINGS

The IRE Professional Group on Audio is grateful for the assistance given by the
firms listed below, and invites application for Institutional Listing
from other firms interested in Audio Technology.

JAMES B. LANSING SOUND, INC., 3249 Casitas Ave., Los Angeles 39, California
Loudspeakers and Transducers of All Types

JENSEN MANUFACTURING CO., Div. of the Muter Co., 6601 S. Laramie Ave.,
Chicago 38, lIL

Loudspeakers, Reproducer Systems, Enclosures

KNOWLES ELECTRONICS, INC., 10545 Anderson Place, Franklin Park, Il

Miniature Magnetic Microphones and Receivers

UNITED TRANSFORMER COMPANY, 150 Varick St., New York, New York

Manufacturers of Transformers, Filters, Chokes, Reactors

Charge for listing in six consecutive issues of the TRANSACTIONS—$75.00.
Application for listing may be made to the Technical Secretary, Institute of Radio
Engineers, Inc., | East 79th Street, New York 21, N.Y.





