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A STEREOPHONIC CERAMIC PICKUP CARTRIDGE FOR 2 GRAM TRACKING

A. L. Di Mattia, E. Kaulins, B. B. Bauer

CBS Laboratories
High Ridge Road
Stamford, Connecticut

Summary

The pickup described will track with a ver-
tical force of 2 grams, on simple but properly
designed tone ayms. It has a mechanical compli-
ance 6 cm x 107°/ dyne and an effective mass of

about 1.4 mg. Output is 0.35 volt. A combination

of optimum rubber properties and viscous damping
provide a response free of resonances.

The design is well suited for quantity
production for the home phonograph market. A-
nother paper describes successful tracking of
this cartridge in commercially available record
changers.

In a pickup destined for quantity production,
several design factors must be met in order to
maintain uniform high performance. It is impor-
tant that the two ceramic elements be correctly
positioned during assembly. 1In the present
design this is done by means of octagonal rubber
element mounts which are placed into two semi-
octagonal channels on mating interfaces of two
plastic housing parts.

In any two-element stereophonic pickup
design, a "coupler" is needed to join the two
elements to a single stylus am. Design of the
coupler has important bearing on distortion,
output level, channel separation, and mechanical
impedance. Coupler requirements in the present
design have been met by proper configuration and
choice of material.

Another important design factor is the
means provided for pivoting the stylus lever
arm. For lateral motion, al the stylus, compli-
ance must be high for lateral motion in two
degrees of freedom. Rotational compliance,
about the leveraxis, must be low in order to
avoid undesirable rotation of the lever arm.
There must be no lateral freedom at the pivot
point. Longitudinal compliance of the lever arm
mist be low in the direction of drag from the
record groove to avoid frequency modulation
effects.

The stylus lever mounting arrangement des-
cribed achieves these design requirements in
a simple assembly. A light tube, comprising the
lever arm, is flattened at its pivoted end in a
manner to produce tapered shoulders. These
shoulders are brought to bear against a hole in
a small rectangular metal enclosure which is
filled with a plastic material having visco-
elastic properties. The potting arrangement
damps any lever resonances and provides a small
restoring force to position the lever for en-
gaging the coupler during change of styli.

Introduction

Design requirements for phonograph pickups
are vell known. To restate them briefly, a
Pickup must convert mephanicel energy imparted
to a stylus from the record groove into corres-
ponding electrical energy. Mechanical impedance
at the stylus point must be as low as possible
in order to minimize the perpendicular tracking
force needed to play the record and to reduce
the consequent wear of stylus and groove. The
electrical output must be as free as possible
of any form of distortion of the groove informa-
tion. To a stereophonic system one must add
another important requirement: the pickup must
respond independently to signals of the two
stereophonic channels. Ideally, each pair of
pickup output terminals should contain signals
derived from its associated groove channel only,
and not from the other. The ratio of magnitudes
of signals derived from successive equal modula-
tion of the wanted and unwanted chennels is
called "channel separstion,"” and is commonly
expressed in decibels.

It is historically interesting and signifi-
cant that the tracking force started at several
ounces, or over 100 grams, in the early days of
phonograph reproduction and has now dropped to
about 6 to 9 grams in commercially built home
phonographs. The more costly pickups currently
used by high fidelity enthusiasts track at about
2 grams.

This paper describes a high fidelity stereo-
phonic ceramic pickup cartridge which is capable
of 2 grams operation on commercial record chang-
ers of good design and is intended primarily for
the home phonograph field. In addition to
meeting exacting performance standards, this
cartridge produces sufficient output voltage for
use with home phonograph amplifiers. An eccomp-
anying paper describes a tone arm of unique
design, which protects records and overcomes
problems attending tripping of record changers
at 2 grams tracking force.

Design Principles

Many transducer systems are available to
the pickup designer, and much has been writi en
about their relative merits. Pickup design is
essentially a mechanical problem. It may be
said that the best transducer sys‘em is the one
vhose design leads to the closest fulfillment
of the various important performance requirements.
The piezo-electric transducer has long emerged
as the best system for pickups intended for home
phonographs because of its high output and con-
venient electrical equalization. The pickup to



be described employs plezo-electric ceramic
elements of the lead zirconium titanate type.

A ceramic element has a high mechanicael
impedance which must be converted to the required
low impedence at the stylus point. Ordinarily
this is done by mounting the element in elastic
supports, by compliant connection to the stylus,
or by a mechanical lever between stylus and
ceramic element. Any of these may be used singly
or in combination. The lever is to be preferred
vecause it is a mechanical transformer; that is,
it lowers mechanical impedance as the square of
the lever ratio, while electrical output decreases
as the first pover. However, high order lever
ratios are difficult to design and control in
manufactures Practical limits are ratios of
about 3 or 4t to 1.

Most ceramic stereophonic pickups use two
transducer elements, one for each of the two
program channels. Since there is but one stylus,
some form of hinge or coupler is needed to connect
each ceramic element to the stylus for independent
motion. Ideally, if a coupler transmits each
channel information to its respective transucer
element only, separation will be infinite. In
some stereophonic pickups, separation decreases
with increasing frequency and sometimes is re-
duced to zero or even takes on negative values.
At low frequencies, channel separation is deter-
mined by the geometry of the mechanism. At high
frequencies, slight unbalances caused by lack of,
symmetry become important. In the pickup to be
described, excellent separation is maintained
throughout the audio frequency spectrum.

Design of the Pickup

Mechanicel impedance transformation from
ceramic elements to stylus 1s accomplished by a
combination of compliant element mounts, a com-
pliant coupler and a lever between stylus and
coupler. Emphasis has been placed on a design
that would permit precise placement of elements
using modern line assembly techniques. Ceranic
element mounts are octagonal in cross-section,
as shown in figure 1-A. The octegon configura-
tion results in a unique combination of angles.
Ceramic elements are placed parallel to a pair
of sides, perpendicular to another pair, and 45°
to the remaining 4 sides. Both mounts are clamped
between two plastic shells containing complement-
ary semi-octagonal grooves with small interference
fit between grooves and mounts. This provides
the required 45° orientation. Another advantage
of the octagon shape is that two sides of the
mount are perpendicular to the shell interfaces
and therefore are aligned with the direction of
assembly. Once the parts are correclly assembled
by means of an essembly fixture, there is little
likelihood that any distortion of element posi-
tion will occur. This arrangement is depicted in
perspective by figure 1-B. The material for the
mounts possesses some visco-elastic properties
vhich provide partial damping of the system.

During development much at“ention was direct-
ed to the coupler. Several materials and some
novel configurations vere evaluated. The final

design is the configuration skhown in figure 2.
Material is a visco-elastic formulation similar
to the one used for the element mounts. Two
slightly undersized cavities are provided in the
coupler for engaging the free ends of the ceramic
elements. Linkages from each element converge

to form a yoke which will engage the stylus lever
arm. The coupler is fairly compliant and contri-
butes to the final compliance of the pickup. The
stylus lever arm is placed at the intersection of
the two perpendiculars to the elements, as shown.
Transverse deflections of the linkages cause
torsional forces at the elements, which do not
generate any output. Compliance of the linkages
is relatively high in the transverse direction,
thus further reducing any undesired "cross-talk”
forces at the non-driven element.

The requirements for a stylus lever amm in
a stereophonic pickup are described with the aid
of the diagram in figure 3. The lever is pivoted
at point A, carries a stylus vhich engages the
groove at point B, and engages the coupler at
point C. The force transformation ratio is
(lz/[q), d the impedance transformation ratio
1s (l2/l1)%.

The lever must perform the following func-
tions:

(1) Any motions of the stylus in the surface
(b) must be translated into equivalent motion at
the surface (c).

(2) The stylus extends a distance from the
lever arm to provide clearance between the lever
and the record. This creates a moment arm that
tends to produce rotational motion around the
axis A-B, instead of the desired translational
motion at C. For this reason, the lever itself
must be axially stiff and the pivot at A must
prevent rotational motions.

(3) The frictional drag between the stylus
and the groove creates a force pulling at the
pivot. This drag varies with groove modulation
so that there is tendency to produce an effect
known as longitudinal distortion if the lever
is permitted to move., Therefore, the pivot at A
must prevent motions in the longitudinal direction.

Various attempts to solve these multiple
problems led to the design depicted by figure 4.
Two stylus levers are provided back-to-back in
a turret arrangement which is rotated 180° to
change styli. A turret pivot post is attached
to a formed metal part comprising & small box
and two extensions that surround the lever arms
to afford some protection. Both ends of the box
are pierced with "key-hole" openings as shown.
Tever arms are made of thin walled aluminum alloy
tubing, one end of which is flattened and pierced
to receive a stylus. The other end is also flat-
tened in the form of a spade with flaring shoulders
between tube and spade.

In manufacture, the turret is placed in a
production fixture. The lever arms are inserted
in their respective openings by aligning the spades
and key-holes as shown. Both tubes are then ro-
tated 90° to make them captive. In the production
fixture, means are provided for holding the lever
arms in place. A small spring force (in the
fixture) pulls the lever arms outwardly so that
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the flaring shoulders are in contact with the
inner walls of the box. As the next operation,
the box 1s filled completely with a vinyl disper-
sion in a liquid plasticizer. At this stage, the
material is a fluid of medium viscosity. After a
short period at an elevated temperature, the
compound fuses to a soft but durable elastomer.

A small hole is provided through the spade end.
This becomes filled with the elastomeric compound
and provides a large increase in rotational stiff-
ness about the lever axis without decreasing the
transverse compliance at the stylus. The entire
double stylus assembly is now locked together in
a position determined by the production fixture.

Figure 5 depicts the cartridge in vertical
cross-section. The octagonal channels extend
beyond the rubber element mounts and terminate
in a larger opening that surrounds the coupler.
The pickup is only partially damped as it has
been described to this point. Complete damping
is obtained by injecting a measured amount of
stable non-creeping grease around the elements
and within the octagonal channels.

Figure 6 is a photograph of the complete
pickup with e detached turret assembly shown
below the cartridge. Replacement of the stylus
agsembly 1s a simple fingertip operation without
tools.

Figure T depicts frequency response and
separation for both left and right channels.
These characteristics were automatically plotted
using the CBS Laboreatories STR-100 stereophonic

Fig. 1.

test record in conjunction with a General Radio
type 1521-A graphic level recorder. From low
frequencies to 1 ke, pickup response is flat after
correcting for the loed resistance used in the
measurements. Above 1 ke, response generally
follows the constant velocity characteristic of
the record with a slow and graduel rise to about
15 k¢ after vhich there is g slight roll-off to
20 ke. Some values of separation taken from the
curves are: 25 db at 100 cps, 35 db at 1 ke,

19 db at 10 ke, 18 db at 15 ke, and 14 db at 20
ke. Compliance is 6 X 107° cm/dyne, effective
mass at the stylus is 1.5 milligrams. Output is
0.35 volt at 1 k¢ for an RMS velocity of 3.54
cm/second.
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A STEREO TONE ARM FOR TRACKING AT 2 GRAMS

ON A RECORD CHANGER

G. W. Sioles
B. B. Bauer
CBS Laboratories, Stamford, Connecticut

INTRODUCTION

It has long been recognized that very low
tracking forces in phonograph pickups will mini-
mize vear of the record and styli. Another
advantage of low tracking force is the reduction
in vavelength loss. Two factors tend to place
a limit on the minimum tracking force which can
be used. One is the mechanical impedance of the
pickup and the other 1s the stability of the
pickup-tone arm system when subjected to jJarring.
Tracking force of approximately 2 grams is usual
in high-priced manual players which are handled
carefully by relatively skilled people. However,
in most home phonographs tracking force is found
to be above 6 gms. to insure stability when
subjected to vibration. This paper describes a
tone arm configuration which was developed to
allow tracking at 2 grams in automatic record
changers with a low mechanical impedance pickup
described in a companion paper. As an additional
benefit the new tone arm protects records by
preventing damage due to accidental scratching
or dropping of bhe tone arm.

Description of Tone Arm

Figure 1(a) shows a schematic representation
of the tone arm design. The pickup is held in
a carriage vhich is pivoted about a horizontal
axis near the stylus tip. A tralling spring is
attached to the overhung portion of this carriege
and provides the force required to take up the
net unbalanced force at the stylus tip, as well
as isolate the cartridge from the tone arm. The
vertical pivot for the arm is located behind the
horizontal pivot and a weight is placed at the
rearmost part of the arm to statically balance
it in the horizontal plane. A second spring,
disposed as shown in the sketch, is required to
reduce the unbalanced vertical force at the
stylus tip to 2 grams.

Equivalent Circuit Representation of the Mechan-
ical System

Figure 1(b) shows the analogous circuit of
the mechanical constants of the tone amm for
the vertical plane. The first inductance repre-
sents the mass of the cartridge and its carrier,
and the second inductance depicts the mass of
the tone arm; both of these masses being referred
to the stylus tip (all rotational mechanical
reactances are referred to the stylus tip as
either compliences or masses). Three capacitances

are shown; the first is analogous to the com-
pliance of the stylus, the second represents
the compliance of the first spring, and the
third, the compliance of the second spring. The
mechanical impedance plot for the circuit is
shown in figure 1(c) on the assumption that the
mechanical resistances are small. Tt mey be
noted that there are two resonances and two
anti-resonances. It is interesting to compare
this impedance characteristic with that of the
conventional arm with respect to stability con-
siderations. In a conventional arm there would
be only one anti-resonance frequency defined by
the stylus compliance and the arm mass oceurring
at an intermediate frequency to the ones shown.
In the arm under consideration, the anti-resonance
occurring at the higher frequency is caused by
the compliance of the stylus and the mass of the
cartridge and its carrier, the latter modified
by the other elements in the circuit., Since the
compliance of the $ixst spring in the equivalent
circuit is much higher than the stylus compliance,
and the mass of the arm is much larger than the
mass of the cartridge and its carrier, the re-
maining part of the circuit is effectively
uncoupled. Thus, for all practical purposes,
the upper impedance maximum is a result of the
stylus compliance with the mass of the cartridge
and carrier. The impedance at the anti-resonance
frequency is equal to the mass divided by the
product of the compliance and resistance, for
small vaelues of resistance. Because of the low
mass of the cartridge plus carrier the impedance
at this frequency is considerably lower than it
would be otherwise. Velocities arising from
Jarring of the equipment produce smaller forces
at the stylus tip than would otherwise be the
case with an attendant increase in tracking
stability. Naturally, the frequency response
would be affected if this anti-resonance were
allowed to occur in the desired transmission
range and a high compliance stylus is needed to
produce a satisfactorily low anti-resonance with
the small allowed mass.

We now consider the lower maximum in the
impedance which arises from the parallel reson-
ance of the trailing spring compliance with the
tone arm mass, whose reactance is reduced
slightly by the compliance of the second spring.
The compliance of the second spring is greater
than that of the first, so that the anti-resonance
we are observing is effectively that between the
mass of the tone arm and the compliance of the



trailing spring. This anti-resonance is consid-
erably lower in frequency than that defined by
the stylus compliance and the arm mass because,
as previously noted, the first spring has a
higher compliance than the stylus compliance.

The impedance at this anti-resonance is inversely
proportional to the compliance and with unchanged
arm mass, the impedance at anti-resonance is
lower than would normally be the case in accord-
ence with the relation noted earlier. In short
by replacing the single impedance maximum of the
conventional tone arm by two maxima with lower
mechanical impedance,‘ the force tending to throw
the stylus out of the groove when any part of the
system is subjected to lmpulsive velocities has
been reduced. It will be noted that whereas the
impedance tends towards zero at the higher fre-
quencies it approaches infinity as the frequency
goes to zero. This might raise the question as
to whether the system is truly steble when sub-
jected to shocks. The answer to this is that

the reactance depicted is extremely small and
does not become large until a very low frequency
- in fact so low that the expected spectrum of
disturbing amplitudes lies above the range where
forces would be developed sufficient to cause

mistracking. This has been verified by experience.

Alignment of Pivots

VWith the cartridge pivot so close to the
stylus, the playing of a warped record will
result in frequency moduletion or "wou", which
by proper design is made negligible. The problem
is not severe for a gentle warp since there is
relatively little differential motion between
the tone arm and the cartridge. This can be
seen by viewing the equivalent circuit for the
system as comprising the compliance of the
trailing spring C31, in parallel with the mass
of the tone arm, mp. For a gently warped record
this circuit is excited below the resonance
frequency and the tone arm motion is much greater
than that of the cartridge. If the varp is more
abrupt, approaching an impulse, the equivalent
circuit 1s excited at its resonance frequency and
both the cartridge and tone arm will be displaced
in proportion to the relative resistance in each
branch. The location of the cartridge pivot in

relation to the stylus, and the angle the line
joining these points makes with the record
become important if "wow" is to be prevented.
This is clear from the geometry. Since the
stylus moves on an arc, the component of motion
in the direction of the groove is incrcased when
the pivots are not on a line parallel to the
record. In practice, a slight downward angle is
used so that the pivot will clear the record.

Scratchless Feature

The method of elastically mounting the
cartridge produces a performance advantage in
regerds to protection of records and fragile
stylus tips. Insa conventional arm, an acci-
dental dowmwerd thrust on the arm produces
displacement of the stylus and a resultant force
provortional to this displacement which mey be
sufficient to plastically deform thé record
materiel. Frequently such accidents produce a
lateral motion of the arm and result in scratch-
ing of the record; and in more unfortunate cases
the stylus tip is broken. Because the compliance
of the elastic mounting is larger than that of
the stylus, the force between stylus and record
is lessened for such occurrences with a corres-
ponding reduction in the amount of damage done.
In the design described the maxirum force which
can exist between the stylus and the record is
approximately five grams, at which point the
cartridge has retracted sufficiently into the
arm to no longer be vilneresble.

An example of the relative damage to a
record with this arm compared with conventional
designs can be seen in Figure 2. These photo-
micrographs shov the width of groove embossed
into the disc when the arm was deliberately
caused to "skate" across the record.
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A SYSTEM OF ELFCTROSTATIC RECORDING

D. E. Richardson, J. J. Brophy and H. Seiwatz
Armour Research Foundation
Chicago 16, Illinois

and

J. E, Dickens and R, J. Kerr
Film Department
E. I. Du Pont de Nemours and Company
Wilmington, Delaware

Abstract

A new system of electrostatic recording in
which electrical charges corresponding to the
signal are injected into a thin insulating tape
record has been investigated. The recorded
charge pattem is produced by the application of
a.c, or desc. bias potentials to the recording
electrodes, in addition to the signal voltage,
and subsequently stabilized by treating the tape
surface with ions to neutralize excess charge.
Electrostatic recordings with extrapolated life-
times in excess of several hundred years have
been obtained,

Introduction

Previous electrostatic recording techniques
have generally employed either electrical
polarigation of the record medium, based on
electretl or ferroelectric? pmpﬁrtios, or sur-
face charging of an insulatore.3s4 These methods
yield electrostatic records which lack the
desired permanence. A new system of electro-
static recording reported here utilizes charge
penetration into an insulating recording
materiale Such recordings are permanent and can
be replayed repeatedly.

Barly experiments showed that charge in-
Jection is most advantageous when charges of
equal and opposite sign are produced at points
opposite one another through the tape. This is
accomplished by drawing certain plastic films
(i.e., Teflon FEP fluorocarbon film, "Mylarn*
polyester film, and polyethylene film) between
a knife edge electrode and a resilient conducting
backing electrode. Blas and signal voltages
applied to the electrodes produce a charge
patterm in the film corresponding to the signal
which may be played back inductively by passing
the film through a similar electrode structure.
Most of the results reported here refer to re-
cording systems using "Mylar" tapes 0.25 inches
wide and either 0.25 or 0.50 mils thick.

’

*m Pont!s registered trademark for its
polyester film.
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Recording Techniques

With the simple recording and playback
arrangement of Fig. 1(a), little charge is in-
jected into the moving tape until the electrode
bias potential exceeds a threshold value as
shown in Fig. 2. This motional tape current,
which is a linear function of tape speed demon-
strates that electrical charge corresponding to
the electrode potential is delivered to the tape.
The signal-to-noise ratio and bther properties of
such a recording are measurably improved by sub-
Jecting the tape to a reverse polarity preblas
treatment with a prior knife edge and backing
electrode combination. The subsequent motional
tape current at the second electrode pair is
labeled "=1000 volts preblas” in Fig. 2. In the
absence of signal the net result of the prebias-
bias treatment is an essentially neutral tape,
for properly chosen values of electrode poten-
tials. Signal voltages are applied only to the
second electrode combination and result in a
charge pattern interior to the tape correspond-
ing to the applied signal., It is possible to
eragse this charge pattermn by subsequently re-
recording the tape. :

Experiments have shown that maximum signal-
to-noise ratio, minimum playback distortion, and
maximum record life are obtained when the prebias
electrode current is equal to the bias electrode
current, which can be realized by proper adjust-
ment of the bias and prebias voltages according
to Fig. 2. The proper division of voltages may
be obtained automatically through the use of the
circuit in Fig. 1(b). Here the voltage of the
single bias source divides between the bias and
prebias electrodes such that Ip = Iz on the
average while the signal voltage is effectively
applied only to the bias electrodes. Representa-
tive values for the bias potential and signal
level in this circuit are 1500 volts d.c. and
100 volts rms, respectively.

Playback of these electrostatic records is
simply accomplished by drawing the tape between
a knife edge and backing electrode combination
as indicated in Fig. 1(a). Tape signal charges
induce potentials .on the playback electrodes
which may be amplified by a conventional elec-
tronic amplifier, The magnitude of the signal
depends upon the load resistance Ry and is of the
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order of 4O millivolts for R = 106 ohms.,
Typical playback frequency response spectra and
wideband noilse levels are shown in Fig. 3. In
the figure the noise data points refer to wide-
band noise (10 ecps to 20 k¢ bandwidth) taken
immediately before and after each signal re-~
sponse point on adjacent regions of the tape
record,

An effect similar to the bias-prebias com-
bination in d.c. bias recording is achieved
through the use of a.c, bias at a single pair
of opposed knife edges, as sketched in Fig. 1l(c).
Recordings result which have a larger signal-to-
nolse ratio than for d.c. bias, as indicated 4in
Fig. L. Present results also indicate less
second harmonic signal distortion in the case of
a.C. blas,

Jon Neutralization

The recorded tape is treated with an at-
mospheric ion bath prior to spooling after
recording and after each playback., This ion
neutralization treatment improves recording
permanence, greatly reduces noise due to random
triboelectric charges on the tape, and reduces
layer-to-layer print-through during storage.
Present evidence indicates that the function of
these ions is to neutralize uncompensated charge
on the tape. The ion bath is produced by a high
voltage corona discharge from pointed electrodes
located between the recording electrodes and the
take-up spool as indicated in Fig. 1(b). A
gimilar ion source between the feed reel and the
electrodes may also be employed, but is often
unnecessary. The ion bath neutralizes net
charge on the record medium produced by tribo-
electric charging or the recording process and
is applied each time the tape passes through the
electrodes.

Noise

Noise in the electrostatic recording system
is dre to random electrical charge patterns in
the tape and to recorded noise produced by the
recording process, The playback noise spectrum
of virgin tape, Fig. 5, indicates a very large
low frequency component, presumably the result
of triboelectric charging during handling and
spooling. This is greatly reduced by ion
neutralization as also shown in Fig. 5. The
noise spectra of neutralized tapes are quite re-
producible and may be interpreted in terms of a
stable random array of charged spots produced by
air breakdown at the tape surface because of
triboelectric charging. This charge pattern is
altered by the application of bias and prebias
voltages as indicated by the third spectrum of
Fig. 5.

The recorded noise spectrum also can be
analyzed in terms of a random array of (much
smaller) charged spots produced by the recording
procese, These spots are in agreement with the
observed spark-like character of the gas dis-
charge at the electrodes during recording. The
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total wideband recorded noise level is greater
than that of neutralized tape, although, as the
spectra indicate, disagreeable low frequency
rumble is much reduced. Therefore, d.c. electro-
static recordings are recording-noise limited
with regard to signal-to-noise ratio. Under a.c.
blag the character of the recording discharge is
such that the spark~like character is reduced and
the signal-to-noise ratio is improved as implied
in Figo h.

Resolution

The linear resolution of electrostatic
records is influenced by the effective electrical
width of the electrodes on both recording and
playback, Tt is possible to analyze response
curves such as in Figs, 3 or L in terms of an
effective electrode width quite satisfactorily.

A minimum wavelength of the order of 0.7 mil is
obtained for the simple knife edge playback
electrode,

Playback resclution can be improved through
the use of a shielded blade electrode con-
struction in which a center pickup electrode is
shielded on each side by a close-fitting electro-
static shield, This configuration restricts the
region of tape effective in inducing signals on
the active electrode and results in a playback
electrode having a resolution equivalent to the
distance between the shields., In application it
is convenient to electrically drive the shields
through the use of a cathode-follower input stage
in order to reduce the capacitive loading effect
of the shields, The improved resolution obtain-
able is indicated by the curves of Fig. 6 which
were taken under identical conditions except for
the size of the electrode gap between the
shields.

Regolution limitation in recording appears
to be associated with the gas discharge at the
recording electrodes. The finite size of the
charged spots produced in d.c. bias recording
and the spread of the discharge away fronm the
knife edge tend to introdice a minimum wave-
length, In the latter regard, change in the
ambient atmosphere is known to influence resolu-
tion to some extent.

Recor Life

One of the outstanding features of this new
electrostatic recording system is the long
record life, which is attributed to the partic-
ular charge distribution produced in the tape by
the recording process. Typical signal and noise
decay characteristics are shown in Fig, 7 for a
tape stored under room ambient conditions. For
a period of time following recording the signal
and noise decay together, preserving the signal-
to-noise ratio, while longer storage increases
the noise somewhat, possibly due to a noise
print-through effect. The signal decay may be
reasonably represented by a power law as shown
on the curve with an exponent of 0.3, Values of
this exponent as large as 0,7 have been observed



for recording prepared under non-ideal condi-
tions, for example when bias and prebias cur-
rents are not equal.

Tapes stored under low relative humidity
conditions have even longer lifetimes than in-
dicated in Fig. 7. At low humidity, exponents
as small as 0,07 are observed. The life of such
recordings is clearly of the order of hundreds of
years. The other aspect of record life, mliiple
playback, appears to be affected by the ion treat-
ment. Recordings given a suitable neutralization
treatment can be played back hundreds of times
with relatively small diminution of signal,

Summary

Based on these results it appears that the
new electrostatic recording system derives its
performance characteristics from the specific
charge distribution pattern produced in the
record medium by the recording process. The
effect of ion treatment is to help preserve this
pattern through neutralisation of net surface
charge produced by triboelectricity. The re-
cording noise limitation on signal-to-noise ratio

PREBIAS BIAS  SIGNAL
+, - + -
w»—-b—@—l _"_A.MP
1t 1
[ | 1o
! )
> R
TAPE

RECORDING PLAYBACK

(A) ELEMENTARY RECORDING AND PLAYBACK CIRCUITS

HY
NEUTRALIZING
IONS

(8) RECORDING CIRCUIT FOR Iy=1p ,0C BIAS

SIGNAL AC BIAS

e
ﬁ TAPE —=

{C) RECORDING CIRCUIT FOR AC BIAS

Fig. 1. Electrostatic recording and playback circuits.

in d.c. recording may be removed by a.c. blas,
linear resolution on the record is a function of
both recording and playback processes tut the
limitation dze to the latter may be largely
eliminated by the proper electrode configuration.
Excellent signal life, both with respect to
storage time and multiple playback, are attain-
able. Further improvements in the system per-
formance will result from a detailed under-
standing and control of the gas discharge at

the recording electrode.
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A NEW AUTOMATIC LEVEL CONTROL FOR MONOPHONIC
AND STEREQPHONIC BROADCASTING

Arthur Kaiser
Benjamin B. Bauer
CBS Laboratories

Stamford, Connecticut

It is a well-known fact that radio listeners
tend to favor a station which comes in "loud and
clear”. This trend has become especially impor-
tant because of the large number of portable and
automotive receivers which operate in noisy sur-
roundings. Since the AVC of radio receivers tends
to equalize the carrier strength prior to detection,
high modulation level is required to attract the
listener. This paper describes a new automatic
level control amplifier, called the Audimex, which
meximizes the level of modulation in accordence
with accepted broadcast studio control practices,
but which is not subject to the limitations of
human reflexes and span of attention. This is
especially important as programming complications
have tended to augment the number of tasks per-
formed by studio engineers.

F. M. mitiplex stereophonic broadcasting
imposes additional problems since two channels of
audio are now involved and a specific relationship
must be preserved between them. This 1s further
complicated by the fact that modulation levels are
determined by the instantaneous sum of these two
channels.

General Requirements for Audio Level Control

Using an accepted volume indicator and his
hearing, a conscientious technician is required
to:

1. Prevent excess levels from overdriving
the audio system by a rapid reduction of gain.

2. Offset a reduction in the average audio
level by an increase of gain at a modest but steady
rate.

3. Recognize that peuses in the audio of
several seconds' duration require no alteration
of gain.

4. Recognize that occasional excessive aud-
ible peaks that are out of context with the mean
level will be handled by the peak limiter feeding
the transmitter or recording amplifier and require
no manual change of gain.

The Prior Art

Since variable gain program-level amplifiers
have been avallable for several decades, the ques-
tion may be asked, how well do they fulfill the
objectives listed above? Let us consider, there-
fore, a conventional variable gain amplifier which
reduces gain above a critical signal input with
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a speed of a few milliseconds, and upon cessation
of the input recovers its gain in a manner which
may be adjusted at will. As a typical example,
let us assume that gain reduction takes place in
15 milliseconds and 63% of gain recovery in about
two seconds. To provide an adequate range of
galn control the amplifier is adjusted so that
normal input level produces 10 db of gain reduc-
tion.

With regard to the first requirement indi-
cated for audio level control, conventional de-
vices provide adequaste performance because of
their "attack" speed. However, with a recovery
speed as indicated, considerable gain increase
accompanles the "valleys" associated with speech
or singing. This gives rise to the phenomenon
known as "pumping" where the level of background
sounds or accompaniment rises and falls with vari-
ations in level between syllables or groups of
syllables. By employing a recovery time of 10
seconds or longer, this effect is alleviated but
another problem arises, later to be described.

Referring to the second requirement, conven-
tional devices can provide adequate gain increases
to accommodate reduced levels provided the recov-
ery time is sufficliently short. Otherwise a low
level caused by switching program sources might
produce an extended period of inedequate gain.
This requirement, therefore, conflicts with the
necessity for eliminating "pumping."

The third requirement must be examined from
two aspects: first, brief lapses of audio of
about 2 seconds' duration caused by pauses in
speech to punctuate sentences or paragraphs or to
take a breath and second, pauses of greater dura-
tion for dramatic purposes. In.the first case,
conventional variesble-gain amplifiers with short
recovery time tend to exaggerate the sound of
breath intake immediately preceding the resump-
tion of speech in addition to raising the level
of background quite noticeably. In the second
case, the full gain of the system would be re-
stored with possible exaggeration of background;
for example, motion picture sound tracks. If a
long recovery is substituted, the system will
then not accommodate a drop in level adequately.

A studio technician will generally have
little difficulty in meeting the fourth require-
ment since his speed of response is inadequate to
effect a quick gain reduction. However, conven-
tionsl varlable gain amplifiers operating with
long recovery times will cause the program to
suffer prolonged gain reduction on occasional
short "bursts" of sound. The classic case is
that of a pistol shot. Audio immediately follow-
ing is attenuated for several seconds.



By way of summary, & so-celled "conflict of
interests" exists with reference to the recovery
chaeracteristics of conventional variable gain de-
vices. If oo short, we experience "pumping" and
the degradation of dynamic fidelity caused by an
alteration of the peak-to-valley ratio. If too
long, the system will not restore the gain required
for a drop in level with adequate speed and it be-
comes vulnerable to having "holes" in the audio
caused by high level short bursts.

This situation has been partielly resolved by
the inclusion of so-celled "dual time - constants."”
In effect, this is a compromise solution. The use
of expander modes to prevent an increase of back-
ground level during prolonged pauses is not an al-
together satisfactory solution to the problem
since it introduces a severe discontinuity in the
input-output function, and where the signal level
is just beyond the '"verge of limiting" the severe
gain reduction is as apparent as a gain increase
would be without it.

Finally, the listener experiences a feeling
of instability caused by the tendency of the gain
to follow the contour of the signal continuously
in contrast to the solidarity experienced with
manual control.

The Audimex System

Figure 1 shows & block diagram of the Audimax
system. The main signal channel consists of a
high-quality program level amplifier with V3 as a
variable-gain stage to which the control voltage
is applied and V), as the output stage. The output
of detector 1 is stored in a memory from which the
comparator extracts informetion regarding the pro-
gram content for the preceding 10 seconds. A de-
cision is then made by the comparator based upon
the memory content and the output of detector 2
as to whether a gain change is required. If so,
this will be effected within 1 to 2 seconds 1if
the gain is to be increased and in less than 15
milliseconds if decreased. Detectors 1 and 2 are
differently "weighted." Each responds to those
properties of the program signal with which it is
concerned for the purpose of enabling the compara-
tor to make a proper decision.

Audimax functions in a four-dimensional do-
main whose coordinates are input level, output
level, memory and time. Figure 2 is a two-dimen-
sional representation of the system gain versus
input level. This diagram illustrates the opera-
tion of the memory device. The gain at any time
is dependent on both the weighted input level and
the program content during the preceding 10 seconds.
For example, for a range of input levels from A
to B, the gain of Audimax remeins on a stable
"platform" C-D as determined by the comparator.

If the range of input levels shifts to a new re-
gion, the gain "platform" is quickly re-adjusted
to the new velue required to yield the desired
output. If operation were on gain platform C-D
and an audible short duration signal occurred well
above the level of B, the gain would immediately
be reduced but would quickly return to C-D since
the average value of the audio had not changed.

Referring once again to Figure 1, detector 3
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follows amplifier V1,2 which is fed from the input.
If the audio level drops below & threshold as set
by the control so-labeled, detecior 3 supplies
gated information to the comparator and a change
of control voltage is inhibited until detector 3
indicates the resumption of audio above threshold.
This feature is referred to as Gated Gain
Stabilizer.

In its earliest embodiments, the gain of
Audimex was held constant indefinitely as long as
operation remained on a given platform. As a re-
sult of operational experience, this has been
modified to permit a steady gain recovery at the
rate of 63% per 12 seconds. This in no way alters
the interplay of the various elements described
above but rather enhances the operation of the
system. It has been observed that speech level
of announcers tends to drop during a sentence as
lung air pressure decreases. The slow recovery
tends to offset this drop.

In reviewing the four requirements cited
above for artistically acceptable level control,

t becomes apparent that Audimax satisfies the
first requirement by virtue of its fast gain re-
duction capability. The second requirement is
satisfied by the fact that maintained changes of
gain are effected by the average value of the
audio. The third requirement 1s met in two ways;
for short pauses by the finite time required for
the establishment of a new average and consequent
"platform", and for long pauses by the Gated Gain
Stabilization described above. Finally the fourth
requirement is met by providing for a return to
the earlier platform following a gain reduction
caused by a short audible peak. The "limiting"
action for such peaks is then divided between
Audimax and the transmitter peak-limiter with
quick recovery on both.

Stereophonic Operation

Figure 5 is a block diagram showing the
manner in which two Audimax units controlling
left and right signals respectively are inter-
connected with the Audimax Stereophonic Adapter.
The output of each Audimex is bridged and fed to
e summing matrix from which a left plus right
signal is derived. This is suitably amplified
end applied to each of the Audimax memory units.
In this manner the gain of both channels is iden-
tical and responsive to the L + R output thus
preserving the stereophonic separation and per-
spective. Inasmuch as the modulation amplitude
in FM multiplex stereophonic broadcasting is a
function of the L + R signal, by ensuring the
maximum amplitude of L + R we realize the optimum
modulation from the system.

QOperational Experience

Figure 3 is a photograph of the Audimax. It
accommodates standard 19" rack mounting, is 5-1/4"
high, 12-3/8" deep and weighs 27 lbs. Output
level is +16 vu; -10 is minimum input for normal
operation. It is recommended for use ahead of
the line to the transmitter peak limiter.

Early in 1961, an Audimax was installed at



WCBS-AM in New York City and shortly thereafter

on two of the network lines. Subsequently, an
Audimax was placed in continuous service on
WCBS-TV. During the spring of 1961, Audimax units
were given field tests at four AM stations along
the East coast. Audimax units are now in full-
time operation at all CBS owned radio stations

and at key points of the CBS television network

as well as at almost one hundred independent sta-
tions across the country. In every case, a marked
improvement in average modulation levels was noted
without sacrifice to signal quality. Figure 4
shows two one-hour segments of WCBS-TV programming
recorded on a graphic volume indicator. The lower
was recorded without Audimax employing normal man-
uval control at the originating studio. The upper
chart shows similar programming with Audimex in
use. The average level with Audimex exhibits a
4.6 db increase.

Conclusion

In attempting to solve the problem of artis-
tically acceptable automatic level control, the
authors have approached their task by creating a
device which can similate both the thought pro-
cesses and reactions of a highly competent studio
technician without many of the limitations of
humen control. Endorsement of the Audimax by
those who are using it and the cobjective evidence
as to its capabilities for improving average mod-
ulation have affirmed the validity of this approach.

The authors also wish to acknowledge their
indebtedness to Dr. P. C. Goldmark, President of
CBS Laboratories, for his enthusiastic support
and to Messrs. Vorhes, Peck and Korkes of CBS Radio
and to Messrs. O'Brien, Monroe and Palmquist of
CBS Television for their invaluable collaboration.
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STEREOPHONIC FREQUENCY TEST RECORD
FOR AUTOMATIC PICKUP TESTING

A. Schwartz
- G. W. Sioles
B. B. Bauer

CBS Laboratories, Stamford, Connecticut

INTRODUCTION

Since phonograph pickup characteristics
are usually related to a specific test record,
the recent entry into this field of the CBS
STR-100 stereophonic test record is & matter
of fundamental importance. The salient feature
of this record is the frequency sweep bands
vhich will yield continuous response data that
can be automatically plotted by a level record-
(55

The first portion of this paper will
describe the test bands and their application
to measurenent of pickup characteristics. The
second half of the paper will describe the
design, calibration and mastering procedures.

APPLICATION
Pickup Recponse

The accuracy and ease of measurement of
stereophonic pickup response frequency char-
acteristics has been greatly improved with the
introduction of the synchronized frequency
sweep bands. Complete response data for left
and right channels can now be obtained in the
frequency range from 40-20,000 ecps vhere
heretofore only spot frequency measurements
were aveilable. Accuracy is improved by
eliminating the judgement required in reading
meters especially when fluctuations zore present
at high frequencies. In addition measurements
can be made in a fraction of the time previous-
ly required.

The sweep is logarithmic at & rate of 1
decade each 24 seconds and corresponds to the
chart speed of the General Radio Graphic Level
recorder of 30 - 1/4" divisions per minute.

The response 1s obteined by having the level
recorder plot the pickup output to the recorded
frequency sweep. A 1000 cps reference tone
precedes the sweep and can be used to automat-
ically start the recorder. TFigure 1 is the
schematic of such a synchronizing circuit. All
relays are initially de-energized as shown in
the schematic diagram. Left and right channel
inputs are combined in the cathod of V1 insur-
ing that the keying tone will be present for
either direct or crosstallk measurements. The
cathode follover output is fed to the V2 high
gain amplifier through a high-Q IC 1000-cycle
filter allowving only 1000 cps to feed through.
Following this stage is a cathode follower V3
erployed as a power amplifier to drive a sensi-
tive relay Kl. after the signal is rectified
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by the tvo 1N2482 diodes. A Zener diode and
clipping-range control prevent high signal
levels from overheating the sensitive relay.

With K1 energized, relya K2 is energized
and locks itself across the power supply
through contact 1. At the cessation of the
keying tone, K1 is deenergized - thereby
actuating K3, which starts the recorder motor
at the instant the sweep begins. At the ter-
mination of the sweep band, the reset switch
is manually set at RESET momentarily to deener-
gize K2, and the circuit is then ready for the
next sweep.

A set of spot frequency bands from 20 to
20,000 cps, with voice announcecents, have been
recorded for manual responsce plotting and for
playback of single tones when required. Dis-
crete frequency bands facilitate the absolute
calibration of recorded amplitudes, a procedure
vhich will be described below.

Sensitivity

Pickup sensitivity is measured with the
left and right channel 1000 cps calibration
bands. The recorded level is 3.5l cm/sec mms,
vhich is an equivalent lateral velocity of
5.0 cm/sec rms and is accurate to within + 0.25
db.

Stylus-Tone Arm Resonance

Stylus-tone arm resonance is measured with
the high level low frequency sveep bands vhich
extend from 250 to 10 cps. These sveeps can be
plotted by the level recorder and are also
adaptable to automatic starting.

Compliance

Accurately calibrated 100 cps lateral and
vertical ‘modulation renging from 1 to 5 x 10-3
cm peak displacement provides a dynamic method
of measuring lateral and vertical pickup com-
pliance. If the tracking force and the peak
groove displacement are knowvn, the compliance
is readily calculated. This data may differ
somevhat from that obteined by use of compliance
neters. This is due in part to the differential
force between the inner and outer groove valls
arising from pickup and tone arm geometry.




Wavelength Loss

The equation (1) derived by Frank G.
Millerl deplcts the pickup response for lateral
recording has been verified experimentally at
CBS Leboratories and found to be applicable to
single channel recording. The second factor
in the equation is a function of playback fre-
quency, pickup characteristics, end the modulus
of elasticity of the disk. The first factor,
in the cquation a quantity that varies from 1
to 0, can be termed the wavelength loss and is
a function of recorded wavelength pickup char-
acteristics, and modulus of elasticity of the
disk. TFor convenience in the expression shown
here, recorded frequency and medium velocity
i. e. diameter and recording rotational velocity
have been substituted for wavelength.

The wavelength loss is measured by means
of identical frequency bands ranging from 1000-
20,000 cps and recorded at maximum and mininum
diameters. The inner group has been compensated
for the wavelength losses expected from a pickup
having & 0.7 x 1073 inch tip radius tracking at
2-4 x 10-3 dynes. Playback of these bands
under the noted condition force should produce
response within 2 db between the outer and inner
dlemeter at a given frequency. Increasing
tracking force or tip radius should cause a
corresponding loss in high frequency response at
the inner diameter.

MASTERING AND CALIBRATION

Recording Choracteristics

Selection of the recording characteristic
was based on obtaining the maxirum recorded
level vhile staying within the limits imposed
by the disk recording medium. Pesk displacement
is limited, in stereophonic recording, by the
groove depth and groove pitch. At high frequen-
cies the power handling capacity of the cutter,
the Viestrex 3C in this case, must not be exceeded.
A peak displacement of about .63 x 10-3 inches
and a peak velocity of 5 cm/second vere selected
to accommodete these limitations. The charac-
teristic is, therefore, constant amplitude below
500 cps and constant velocity above 500 cps. The
transition is abrupt, as shown in figure 2, so
that verietions in pickup response can be readily
determined by the deviation from two straight
lines. This "ideal" straight line characteris-
tic was obtained by switching from a constant
amplitude to a constant velocity characteristic
at 500 cps while recording the glide tone.

Calibration

Absolute and relative calibration of the
recording system proved to be the most time
consuming part of the preparation. The three
established methods of measuring recorded
amplitudes are microscopic observation, light
pattern and variable speed turntable. The first
two methods, vhich do not require playback of

the recording, are fundamental methods and are
to be preferred wherever possible.

Measurement of the discrete frequency bands
up to 10,000 cps was performed primarily by the
microscope method. In this frequency range
recorded emplitudes vary from 0.6 x 10-3 inch.
Above 10,000 cps amplitudes were too small to
measure by direct observation so that measure-
ments vere made directly from the projected
image of a photomicrograph. Substantially the
same recorded amplitudes were measured by the
light pattern method. The light pattern cali-
bration was performed by Gunter and Anderson at
Shure Brothers.

Measurement of the frequency svweep bands
presents a difficult problem since neither the
microscope or light pattern method is applicable
for continuous plotting. A modification of the
variable speed turntable method was developed
vhich vas able to provide continuocus calibration
of the sweep bands. A block diagrem of the
measurement apparatus is shown in figure 3. The
synchronous turntable motor is excited by a
variable frequency power supply vwhich in turn
is fed by the sweep frequency oscillator that
has been previously used to record the glide
tone. The oscillator tuning is mechanically
driven by the level recorder, and synchronous
drive motor of the latter is driven by the
variable frequency power supply. Playback of the
sweep under these conditions will present a
constant frequency to the pickup over a 20:1
frequency ratio. The characteristics of the
pickup are thereby eliminated so that plotted
response is that of the recording system alone.

Figure 4 is a comparison of the recording
system calibration by microscope, light pattern,
and variable speed turntable methods. The three
measuremente show good egreement., The response
characteristics of the cutter head is irregular
above 1oKC so that the recording was made at
16 2/3 rpm at half the playback frequency. The
response data shown is on a playback frequency
basis.

Crosstalk measurement for either the spot
frequency or sveep bands cannot be made by
elther mlcroscope or light pattern because of the
small amplitudes involved. Based on playback
measurements, crosstalk is better than -20db
from 100 to 10,000 cps.

Cutting Stylus

High frequency response of the recording
system varies inversely with the size of the
cutting stylus burnishing facet or "dub." To
insure accuracy, the recording system must be
calibrated each time a cutting stylus is instal-
led. A damage to the stylus during the recording
would require recalibration and a scrapping of
the completed portions of the recording. For
these reasons the cutting stylus was carefully
selected so that the dub size wvms sufficiently
small for adequate high frequency response
without being unduly fragile.



Critical stylus selection was made possible
by the development of a special microscope fix-
ture. The stylus is positioned by the Iixture
so that it can be viewed and measured from any
engle with 1300 x magnification, without being

defocussed. Measurements of the dub size and
tip radius gre accurate to within 0.5 microns
or 20 x 10~° inches.

Mastering

Despite the increase in complexity involved,
the frequency recordings were made directly from
an osclllator to avolid introducing tape recorder
distortion and moduletion noise. Voice announce-
ments vere taped. Precise timing, vwhich wvas
required to synchronize the glide tones and
tape recorded announcements, was achieved by
use of an elaborate step-by-step procedure.
Because direct recording introduces the possi-
bility of human errors, as many as 12 lacquers
of each side were cut. From this group the
best two copies of each side were selected to
be processed. At the processing end, careful
quality control is being maintained at all stages
to insure against possible deterioration in the
quality of the recording.

CONCIUSION

The STR-100 Test Record has been an out-
growth of more than two years of intensive disk

2

recording research. Among other things, this
research has concerned itself with advances in
calibration methods (and the development of the
associated calibration apparatus), study of the
cutting process and the dependence of recording
response on stylus geometry, and experimental
verification of Miller's pickup response func-
tion. As a result, the record is an accurate and
reliable instrument with which to measure
stereophonic pickup characteristics. In addition,
its adeptibility to automatic testing can effect
significant economics for pickup manufacturers
and users.
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SIGNAL TO NOISE RATIO AND EQUALIZATION OF MAGNETIC TAPE RECORDING

Hanswerner Pieplow
Grundig GMBH
Nuremberg, Germany

Summery

Future tape recorders running at a speed
of 1- 7/8 ips must achieve an upper frequency
limit of 15 ke/sec on a quarter track
recording, with better signal-to-noise ratio
than presently obtained with commercial
recorders. This means that the subjective
quality of present full track mechines at 15 ips
must be maintained in spite of a fifty fold
increase of information density.

It is obvious that such an improvement
cannot be obtained only by changes to the
electronic circuitry and the like. In fact,
the future requirement would be impossible to
meet if improvements in tape end heads were
not made. Such improvements rust include new
knowledge of head construction, tape-to-head
contact problems, and optimum balancing of
recording parameters. But once these improve-
ments are effected, it is then necessary to
check carefully if the most thorough use is
being made of all available technical
possibilities.

It will be shown that recording techniques
have advanced to a stage where a change in the
standardization characteristics is advan-
tageous and even necessary, though they may
be more complicated than the existing standards.

1. Procedure of the Investigation

Because the hum does not limit physically
the recording technique and, if necessary, msy
be eliminated completely, we have to consider
only the noise generating from the input stege
of the recording amplifier, from the tape
itself, and from the input stage of the
replay amplifier. These noises are not corre-
lated in any way, and each of them can be
minimized without influencing the others.
Since noise optimizing techniques in amplifier
stages are in common use and since the absolute
value of tape noise unfortunately does not
depend very much on the bias level or on the
constitution of the megnetic layer, there is
no other chance to improve the signal-to-noise
ratio except by increasing the signal on the
tape.

As trivial as this conclusion looks, it
does not seem to be generally appreciated.
For instance, in case of essential improvements
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of tape and heads 1t is not necessary to
decrease the pre-emphaiis in order to match
the existing standards—, but we have to change
the standards in order to increase the signal-
to-noise ratio.

Thus, with the basic method of standard-
ization in mind we have to evaluate the
adnittable amount of pre-emphasis and to
compare the results to the actual situation
of technical art.

2. Method of Standardization

Since intensity, frequency response, and
distortion of a recorded signal depend upon
the individual properties of the recording
machine and since these properties cannot be
defined in general terms, standardization can
be applied only to the tape itself, i.e. to
the level and to the frequency characteristic
of the remanent magnetic surface flux of a
recording. Once a standard tape is established,
each machine can be adjusted to fit the
standards.

If a magnetic tape is magnetized by a
constant magnetic field, i.e. by keeping the
signal current constant in the recording head,
the remanent surface flux on the tape is not
constant, but decreases approximately
exponentially with increasing frequency
(Fig. 1). Now, the basic postulate of an
international standarization states that with
a constant signal voltage at the input of the
recording amplifier the flux vs. frequency on
tape has to vary in a predetermined manner,
for example, like the impedance of a resistor
and a capacitor in parallel with a time
constant of 200 usec.

As seen from Fig. 1, we need a certain
pre-emphasis to meet this demand, coming up to
14 db at 10 ke/sec with 200 psec and to 20 db
at 10 kc/sec with 100 psec. The smaller the
value of the time constant, the higher the
pre-emphasis required. Thus more signal is
recorded on the tape, and a better signal-to-
noise ratio is achieved.

3. The Admittable Amount of Pre-Emphasis

Of course, to avoid nonlinear distortions,
a standardization cannot prescribe arbitrarily
small time constants and it is necessary to



meke sure thet the recording system will not
be overloaded. Overloading occurs theoreti-
cally wvhen the amount of pre-emphasis exceeds
in any way the slope of the spectral peak
distribution of music.

Unfortunately very different spectra are
published, ranging from a decrease of 18 db
at 10 kc/sec®’3 up to no decrease at a11* in
modern music, and in spite of the most
ingenious consideretions no reasonable method
has been found to match pre-emphasis and
frequency distribution of peek energy in music.

On the other hand there is no exact
information about the probability of occurrence
of a special event, i.e. how frequently, for
example, & 10 kc/sec peak energy level will
occur in all music. Therefore, following
rigorously an orthodox line with regard to
peak energy distribution and excluding
consequently any pre-emphasis, we may run the
risk to record 99% or more of all musical
playing time with an inferior quality, i.e.
with a smaller signal-to-noise ratio than we
could do, whilst recording 1% or less of the
whole musical playing time without hypotheti-
cal distortions in the upper frequency range
vhose audibility is not even proved.

For these reasons it looks more realistic
to go back to the practical experience. 1In
the last 10 years more than one million of
tape recorders have been produced in the
GRUNDIG factories with an average pre-emphasis
of at least 15 db at 10 kc/sec and without any
objection to distortions. This fact is a very
strong argument in favour of 15 db pre-
emphasis at 10 kc/sec.

4. The Actual Situation in Recording Art

Figure 1 states the average situation of
head and tape, used in home tape recorders at
3-3/h ips in 1958. A more precisely defined
measurement is shown in Figure 2 and Figure 3
vhere the curves represent the head EMF and
the remanent surface flux respectively vs.
frequency at 3-3/4 ips, the head being a
combined recording and reproducing half track
head demonstrating the statistically mean
value of a large number of heads produced in
1959, the tape being the DIN¥- Bezugsband
vwhich 18 & German reference tape with magnetic
properties guaranteed by the Physikalisch-
Technische Bundesanstalt. As is to be seen
from Figure 3 a 100 psec equalization would
require a pre-emphasis of 18 db at 10 kc/sec
which is a fairly high value, if compared to
the conditions of the measurement. This high
value was the main reason why up to now the
majority of German and English tape recorders

*DIN German Industry Standard
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were equalized following the IEC recommendations
with 200 psec instead of the NAB standards with
100 usec.

During 1960, as a consequence of a very
intense research work in the field of heed
design and tape manufecturing, essential
improvements have been made. The curves b in
Figure 2 and Figure 3 represent the actual
situation and can be compared directly to the
curves a with the only difference that the
curves b refer to guarter track and to a tape
speed of 1-7/8 ips. The very big progress
issuing from Figure 2 and Figure 3 does not
only refer to the level, because other factors
being equal a loss of 10 db in level results
from the 3 to 1 reduction of track width alone,
but refers particularly to the frequency
response allowing now & 100 usec equelization
at 1-7/8 ips with a pre-emphasis of 16 db.
Before this was igpossible or at least risky
even at 3-3/b4 ips’.

5. Existing Proposals

It appears that the evolution of technical
art runs faster than the standardization work
of the different committees. The members of
the IEC*are still arguing about 100 or 120 or
140 psec at 3-3/h ips.,  Even the last German
proposal for 1-7/8 ips6 shows a surface flux
vs. frequency varying like the transfer
characteristic of & network composed by two
equal RC meshes, each of them with a time
constant of 70 usec. As can be seen from
Figure 4, the results of such an equalization
would not be too satisfying:

i) The playback amplifier needs an
equalization of 210 psec, which is
too much and should be avoided with
respect to a good signal-to-noise
ratio.

ii) The response of an ideal playback
head needs a post-emphasis of 4.5 db
at 10 kc/sec.

ii1) By comparison to Figure 3 the pre-
emphasis whilst recording is only

5 db at 10 kc/sec. This is much too
smell with respect to a good signal-
to-noise ratio.

6. New Egualizetion for Home Tape Recorders

The present state of art in Figure 2 and
Figure 3 was achieved:

i) By the use of & very thin and,

therefore, very pliable tape of medium
coercivity. The tape must have &

*IEC International Electrical Commission



very smooth, highly polished surface
as obtained for example with LGS 26

tape.

ii) By the use of separate heads for
recording and reproducing, which are
particularly designed to have
extremely straight and extremely
sharp gap edges.

1ii) By carefully choosing the bias of the

recording head in order to get the
best compromise between level,
distortions and frequency response.
This bias does not coincide with that
giving meaximum output at 1 kc/sec.
The better the tape matches high
frequency performance, the smaller
the difference 1s in bias from
optimum at lke/sec.
It has been proved that the state of the
art, demonstrated by Figure 2 and Figure 3,
can be maintained in mass production. It seems
that the standardization proposals existing
until now have not taken this performance into
account. Therefore, we have introduced a 100
usec equalization at 1-7/8 ips in our machines
and, additionally, a pre-emphasis at the lower
end of the frequency range corresponding to
the impedance of a resistor and a capacitor in
series with a time constant of 1591.5 usec.

The time constant of 1591.5 usec is half
the value of the actual NAB equalization which
is felt to be too high because, if any pre-
emphasis at all is used at the lower end of
the frequency range, it should have some
perceptible influence at 180 c/sec, i.e. at
the third harmonic of the power frequency.

Of course, this pre-emphasis has nothing to
do with the physics of the magnetic recording,
but it is introduced for practical reasons,
because the machines become cheaper.

The complete new equalization for 1-7/8
ips, including ansftytical formulae of its
definition is shown in Figure 5.

Referring to 3-3/h ips, it is not favour-
able to change the time constant. Better
signal-to-noise ratio may result in shifting
the bias to the 1 kc/sec maximum point. In
this way the continuity with the NAB equal-
ization 1s maintained at the same time. At
7-1/2 ips the time constant has to be cut down
to 50 usec.

7. Noise Measurement

With regard to signal-to-noise ratio, it
is necessary to define the signal and the noise
in order to get a realistic figure of merit to
Judge the quality of & machine or of an
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equalization system.

Unfortunately, signal and noise measure-
ments are not standardized. Of course, the
signal measurement, or more precisely, the
maximum signal measurement is very clear and
may be achieved by measurinhg the output at a
given frequency, say 333 or 1000 c/sec, at a
given distortion, for example 5%7. However,
it is not correct at all to measure the noise
by & linear instrument independent from
frequency in the whole frequency range. In
addition, it is not correct to suppress the
hum by a high pass filter. In order to get
an obJjective measure of a subjective noise
impression, it is necessary to take account
of 8, 11 the ear sensitivity vs. frequency
and vs. loudness and the spectral noise energy
distribution, which is essentially "white" and
which, therefore, has an increasing energy
content per octave with increasing frequency.
For this combination of ear sensitivity and
energy distribution we hear mostly a hiss,
although the hum may have a higher amplitude.

To meet the demand for the objective
measurement of a subjective noise impression,
the CCIFY has published a weighting charac-
teristic (Figure 6) which 1s used by all
European broaedcasting stations. It is
enigmatical why this widely used method has
not yet officially entered the tape recording
field and seems to be unknown eveg to
professional tape recorder people®: 10, 11,
There is no doubt that using the weighting
characteristic of Figure 6 which, for example,
is built into the Siemens Gerauschspannungs-
messer Rel 3 U 33 the signal-to-noise ratio
will become a realistic and very distinct
figure of merit.

8. Noise Suppression Equalization

From Figure 6 we can deduce easily how
to get the best possible signal-to-noise ratio:
if the most troublesome noise frequencies are
found to be between 3 kc/sec and 6 kc/sec, the
signal has to be Ere-emphasized mostly in this
frequency region1 . No reason can be seen why
this mgthod should not work at lower tape
speeds”, and listening tests showed clearly a
subjective improvement in noise impression
without appreciable overloading even at 1-7/8
ips.

A new tentative proposal for standard-
ization of a noise suppression equalization is
given in Figure 7. It has practicable values
and can be defined analytically in & very
closed form. If applied to normal recording
and reproducing channels, it may be simply
superposed (dotted lines in Figure 5).



This type of equalization looks somewhat
complicated and, at the present, may not be
necessary in usual home recording. But it
brings up signal-to-noise ratio by 3 to 4 db
and may be very useful for prerecorded music
on tape of high information density.

9. Conclusions

As long as home tape recording is used
Just for fun or in rare hi-fi equipment, it
mekes no difference whether tape is wasted or
not. But in case tape is used as a high
quality sound carrier and has to undergo
competition of disc recording, there is no
doubt that high quality has to be achieved
with high information densities, i.e. with
small tracks and low speeds.

The broad research work which was
initiated by GRUNDIG RADIO WERKE during 1960,
has clearly shown that the improvements
possible in the tape and head physics and
technology bring tape recording into a new
region no longer adequately described by the
existing standards for equalization, be they
NAB or DIN or IEC.

New equalization proposals were worked
out and have been introduced into mass
produced tape recorders with the result that,
with a quarter track at 1-7/8 ips, the

frequency response is flat up to 12 kc/sec with-

in normal tolerances and that signal-to-noise
ratio is better than 47 db.
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An additional noise suppresion equali-

zetion could be defined which may be useful
for prerecorded music.
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NEW APPROACHES TO A-C BIASED MAGNETIC RECORDING

D. F. Eldridge* & E. D. Daniel*
Memorex Corporation
Santa Clara, California

Summary

A-c biased magnetic recording is described
in a brief analysis based upon the anhysteretic
magnetization process. Several different models
are used to illustrate particular aspects of the
recording process. It is shown that, using con-
ventional record heads, there is bound to be a
conflict between the efficlent recording of short
and long wavelength signals. The critical re-
Quirements involved in recording 15 kc at as low
a tape speed as 1-7/8 ips are emphasized by
pointing out that, on reproduction, 75 percent
of the output comes from the first 0.7 micron
(28 microinches) of the coating.

Various methods for improving the record
process have been proposed from time to time.
These methods consist of proposals for sharpening
the recording field as a whole, sharpening the
bias field alone, and increasing the uniformity
of the recording field through the coating thick-
ness. The design of heads to accomplish any of
these objectives remains to be worked out in
detail. However, several possible techniques are
discussed, namely pole-shaping, eddy-current
shielding and the use of poles on both sides of
the tape.

An entirely new recording technique is
described which utilizes successive recordings
by two separate gaps of different sizes. The two
gaps can be contained in separate heads or in a
single head, provided that the time-delay between
the two recordings, if significant, is compensa-
ted for prior to recording. The principle is
simple. The long gap is fed only with low fre-
quency signals which it can record effectively
throughout the whole coating; the short gap
records the high frequency signals in the outer-
most layer of tape. The bias field from the short
gap need not significantly reduce the level
of the low frequency recorded information. Filter-
ing requirements and methods of time-delay compen-

¥The work described in this paper was performed
vhile both authors were with the Ampex Corpora-
tion Research Laboratories, Redwood City, Cali-
fornia.
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sation are discussed in the text , and a mathemati-
cal analysis is given of the interference to be
expected from an uncompensated system.

Review of Conventional A-C Biased Recording

Field from a Ring Head

The leakage field from the gap of a conven-
tional recording head has been analyzed in some
detail (Refs.l to 6). The field distribution is
complex, and there are a variety of ways in which
graphical representations can be constructed. No
single representation is capable of displaying
all the information required for an analysis of
recording. In fact, too much concentration on one
representation can give rise to misleading con-
clusions. For example, a plot of longitudinal
and perpendicular component field strengths of
the type shown in Fig. 1 (b) is very useful, but
only as long as it is fully realized that compo-
nents are mathematically convenient rather than
physically significant. From many points of view
the plot of resultant field strength at various
distances above the gap, shown in Fig. 1(a), is
more valuable. Among other things s it shows more
clearly that elements of tape passing close to
the head (separation less than a third of the
#ap length) receive two field maxima, rather than
@ single maximum, these maxima occurring when the
element passes above the two edges of the gap.

The way in which the direction of the resul-
tant fleld changes, as an element traverses the
head, is best illustrated by polar diagrams of
the type shown in Fig. 2. The field is represen-
ted as a vector of length proportional to field
strength and orientation relative to the direc-
tion of tape motion. The vector traces out one of
the curves shown, depending upon the depth of the
element within the coating. For far layers of
coating, the vector traces out a circular path,
the field strength being a maximum in the longi-
tudipal direction (in the cemtral plane of the
gap) and vanishingly small in the perpendicular
directions. For near layers, the curves become
butterfly-shaped, the field maxima (above the gap
edges) being at T45° if the gap edges are per-
fectly sharp.



Finally, there is a third way of plotting
the field distribution, which is particularly
valuable in analyzing a-c biased recording. This
representation consists of drawing contour lines
of constant resultant field strength, as shown
in Fig. 3. The contowr lines are crowded in the
neighborhood of the gap edges, but become more
spread out further away from the gap until, at
distances large compared with the gap length, the
contours become semi-circles about the gap center
plane.

Reproduction From Various Parts of the Coating

It is clear from the recording field plots
that the tape coating will not be recorded uni-
formly throughout its depth c. Even if it were,
the relative importance of a given layer on re-
production depends upon its position within the
coating to an extent depending upon the recorded
wavelength A . If the total reproduced output is
E, a layer of thickness y at the surface of the
coating contributes an amount e vhere

e _ 1-exp (-271’!;)\ ;

E 1 - exp (-27r¢c/A
This expression is readily derived from the well-
known exponential law (54.5 db/wavelength) go-
verning the loss caused by separating a recorded

layer from the reproducing head. When \ is less
than 1.5 ¢, the expression reduces to

e/E= 1 - exp (-27y/X )
to within 1 percent, and the output becomes inde-
pendent of coating thickness. Under these condi-

tions, 75% of the reproduced output comes from a
surface layer of thickness y, where

0.75=1 - exp (-27yo/A )
or
Yo = 0.22X
Taking, as an example, a 15 kc signal re-
corded at 1-7/8 ips, A is 0.125 mil, and y, is

equal to 0.028 mil. In other words, under these
conditions, 75% of the output comes from the first

28 microinches, or 0.7 micron, of the coating.

It is instructive to compare this dimension with
the average size of the oxide particles, generally
about 0.7 x 0.1 micron.
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Tape Magnetic Properties

The basic mechanism of a-c bias is readily
explainable as an example of anhysteresis (Refs.
7 and 8). The anhysteretic magnetization process
consists of applying, in addition to a small
unidirectional field (analogous to the signal
field), a large alternating field (analogous to
the bias field) which is reduced gradually to
zero before removing the unidirectional field.
If the amplitude of the a-c field is suffi-
ciently high, a plot of remanence versus d-c
field strength yields a curve which is initially
very linear and of high slope. In a similar way,
a-c bias linearizes and increases the sensitivi-
ty of the recording process.

The most important anhysteretic magneti-
zation curve is that showing the variation of
remanence with initial a-c amplitude, using a
small value of d-c field strength well within
the linear range. The type of curve obtained is
illustrated in Fig. 4, curve (a). The curve
rises steeply as the bias amplitude approaches
the coercive force. During the reduction of the
bias field from a high initial strength, the
remanence is acquired progressively as the am-
plitude of the bias field falls through a
“"oritical range". The relative amount of rema-
nence acquired as the bias falls by successive
increments is proportional to the derivative of
the curve of the remanence versus bias, implying
a bell-shaped weighting curve centered approxi-
mately about the coercive force. As a first
approximation, however, we can consider the re-
manence to be acquired uniformly as the bias
amplitude falls between the values Hp and Hj,
shown in Fig. 4. In practice, the ratio Hj/Hp,
when estimated by the method indicated in Fig. &4,
is at best about 3/4. The mean value %(Hy + Hp)
is normally approximately equal to the coercive
force H.

The only major difference between anhyster-
esis as described above and a-c biased recording
is that the signal and bias fields fall simulta-
neously, rather than separately, as an element of
tape leaves the precincts of the gap. The analo-
gous anhysteretic magnetization curve, when the
fields fall together, is shown by curve (b) of
Fig. 4. Instead of reaching a constant value at
high bias amplitudes, the magnetization goes
through a maximum at a value of bias some 20
percent greater than the coercive force.



The reason for this behavior is simply that, by
the time the bias has decreased to the critical
range from some high initial value, the signal
field strength has also decreased in the same
ratio. Consequently, using very high initial
values of bias, the remanence tends to become
inversely proportional to the initial bias am-
plitude (Ref. 8). From most points of view, the
first type of anhysteretic curve is the more
valuable. The discrepancy between ordinary an-
hysteresis and recording 1s not fundamental and
is removed so long as we consider the effective
strength of the signal field to be that existing
in the region where recording takes place. It
should be noted, however, that a means of recor-
ding in which the bias field falls below Hy
before the signal field appreciably decreases,
would have distinct advantages over conventional
recording. In particular, the bias adjustment
would no longer be critical (at least as far as
long wavelength recording is concerned), and some
of the problems of "over-biasing" would no longer
be encountered. It would be more feasible to
produce a coating uniformly magnetized through-
out its depth.

A final point of considerable importance
concerns the variation of anhysteretic proper-
ties with the direction of the applied fields
using tapes having the usual degree of particle
orientation (Ref. 9). The types of result ob-
tained are illustrated in Fig. 5. Curve (a)
corresponds to magnetization along the direction
of orientation (parallel to the length of the
tape), and curve (b) corresponds to magnetization
in a perpendicular direction. For a given signal
field strength, the remanences obtained in the
two directions are in the ratio of approximately
4 : 1. A very important point, however, is that
the critical bias range is substantially the
same in the two cases. Measurements of coercivity
show that it, too, is substantially independent
of the direction of orientation. One of the con-
clusions to be drawn from the coercivity results
is that approximately the same degree of erasure
should be produced when an erasing field of
glven internal strength* is applied in any
direction.

*We shall be interested in forms of erasure
that occur during recording. Intentional erasure
by means of a perpendicularly applied external
field is, of course, inhibited by severe demag-
netization, and is consequently relatively
inefficient.
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Long Versus Short Wavelength Recording

For a given bias current through the head
(or bias field strength deep within the gap),
the decrease in bias amplitude from Hp to Hj
occupies a certain region in space. It scarcely
needs pointing out that the greatest recording
resolution is achieved by making the longitudinal
extent of this region as small as possible, par-
ticularly as far as the near layers of tape are
concerned. Severe losses may occur when the re-
cording region extends over a distance comparable
to the wavelength of the signal to be recorded.

Now, one of the conclusions of the previous
section was that the critical bias range is sub-
stantially independent of field direction. Conse-
quently, recording should take place in the
region where the resultant bias field strength
falls from Hy to Hj. Such regions can readily
be determined from a contour plot of the type
shown in Fig. 3. For example, if we assume a
gap length twice the coating thickness, and set
the bias current to a value which gives a gap
field equal to H2, recording takes place between
the contour lines labeled 1 and 3/4 in Fig. 3;
the recording zone is then as shown by the shaded
area (1) in Fig. 6(a). This would give quite good
registration of short wavelengths, but would
leave a large part of the coating underbiased,
resulting in severe distortion at long wave-
lengths. If the bias current were doubled, the
recording zone would lie between the contour
lines marked 1/2 and 3/8, and would shift to
the shaded area labeled (2) in Fig. 6(a).
Similarly, a further doubling of bias current
would shift the recording zone to the shaded
area (3); the whole coating would now be over-
biased with loss of sensitivity at long wave-
lengths and very poor resolution at short wave-
lengths. The condition of optimum long wave-
length registration corresponds approximately to
setting the bias current so that the farthest
layer of the coating Just receives the bias field
amplitude Hp. This condition is more or less sa-
tisfied by recording in zone (2) of Fig. 6(a).

A somewhat lower value of bias would be needed
to achieve a reasonable compromise between the
two desired requirements of long wavelength

linearity and good short wavelength resolution.

The situation using a small record gap,
equal to two fifths of the coating thickness, is
depicted in Fig. 6(b). When the bias current is
set to a suitably small value corresponding to
zone (1), resolution in the near layers is



greatly improved , but the effective field ex-
tends into only about the first one-tenth of the
coating, and the major part of the coating is
grossly underbiased. In order to obtain satisfac-
tory long wavelength recording, the bias must be
increased so that the recording zone moves to
position (2). Under this condition, the short
wavelength resolution would, if anything, be
worse than that obtained using the optimally
biased long gap (Fig. 6(a), zone (2)).

To summarize, it is impossible in a conven-
tional system to obtain optimum short and long
wavelength recording at the same time. The best
that can be done is to choose those values of the
ratio of gap length to coating thickness and the
bias current that give the best compromise over
the range of wavelengths of interest.

A further point is that under all the con-
ditions depicted in Fig. 6, recording takes place
in zones where the field is predominantly perpen-
dicular rather than longitudinal. Actually, the
field will not turn very much past 45° put, even
80, it is clear from the anhysteretic curves of
Fig. 5 that full advantage is not taken of the
high sensitivity in the direction of particle
orientation. What may happen is that an efficient-
ly recorded longitudinal signal may, crudely
speaking, be erased by a subsequent rotation of
the bias field towards the perpendicular direction
without adding any appreciable perpendicular com-
ponent of recorded magnetization.

Improved Recording Methods

Possible Techniques

At first sight, there are three approaches,
any one of which may lead to a considerable im-
provement in the short-wavelength recording per-
formance. The first and perhaps most obvious
technique is to "sharpen" the field in the zone
of recording. In this case, both the bias and
signal decay equally as the element of tape
leaves the recording area. The second approach is
to reduce the bias separately from the signal and
to reduce 1t first. That is, the bias must be re-
duced to a value below which it can no longer in-
fluence recording, while the signal strength
remains at, or near, its maximum value. This
would eliminate the over-biasing problem entirely,
and would, therefore, provide a system wherein the
same bias current setting would be uncritical and
equally good for all wavelengths. The third ap-
proach 1s to produce a more uniform bias through-
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out the thickness of the oxide. If this could be
accomplished, a given bias setting would be
equally good for any point within the depth of
the oxide. Short wavelengths, which are recorded
at the surface, would not be over-biased.

Unfortunately, these ideas are very diffi-
cult to put into practice. Reducing the length of
the trailing pole of the record head has been
suggested as a means of sharpening the field.
This can, however, have only a relatively small
effect, for the record flux will by no means li-
mit itself to the shortened pole surface, but
will spread round it to enter other parts of the
pole. Westmijze (Ref. 10) has proposed limiting
this "spread” by eddy-current shielding which,
gsince the shielding would be most effective at
the higher bias frequency, puts this proposal
into the second category. The problem here is
that it is extremely difficult to engineer a
head of this type with the small dimensions of
pole and conducting shield demanded by a practi-
cal system. As far as improving field uniformity
is concerned, extending the head structure to the
other side of the tape is an obvious technique,
although one which is unattractive from an opera-
tional point of view. Three pole heads of this
type have been suggested by Camras (Ref. 11),
but the optimal dimensions, magnetic potentials
and disposition of the poles are critical and
difficult to determine.

There is, however, a fourth approach to
resolving the long-wavelength linearity versus
short-wavelength response dilemma which is essen-
tially very simple. That is to record the long
and short wavelength parts of the signal sequen-
tially, using heads of different gap lengths.
This technique is discussed in detail below.

Multi-Gap Recording

First, the relatively long-wavelength infor-
mation is recorded by a head having a relatively
large gap, capable of producing a uniform bias
and signal field throughout the oxide and hence a
good low frequency performance. At some later time,
the short-wavelength information is recorded,
using a very small gap, in which the bias is ad-
Justed to a low value for optimum recording of
very short wavelengths. Because the field drops
off very rapidly with distance away from the head
surface, and because the bias is adjusted to a
low value for optimum recording of short wave-
lengths, only a very small portion of the long
wavelength information is erased during this



second recording. The fields in the two heads
are illustrated in Fig. 7. It would be possible
to use the same head, or heads with the same gap
dimension, but with the bias adjusted to diffe-
rent values for the long wavelength and short
wavelength recordings. This method would provide
a considerable improvement over the ordinary
method, but would not be as effective as having
gaps of different sizes.

If no correlation were required between
the short wavelength and long wavelength infor-
mation to be recorded, we could record these two
siguals at entirely different times and places.
For most applications, however, the long and
short wavelengths are parts of & complex signal
and must, therefore, be recorded in synchronism
with each other. This problem may be handled in
several different ways. Either the distance be-
tween the points at which the two recordings are
made must be very small, so that the delay is
negligible for the particular type of recording
being made; or a compensating delay must be in-
troduced in the high frequency portion of the
signal to be recorded by the second head. The
first may be accomplished either by placing two
record heads extremely close together, or better
still, by constructing a single head which has
two gaps and in which sufficient isolation be-
tween the two gaps is obtained. Such a head is
shown in Fig. 8. It is possible to achieve good
isolation with this type of head, although inter-
connected windings may be necessary at various
locations on all three legs.

A compensating delay may be provided by
various means; ultrasonic delay lines are avail-
able, with delays up to quite a number of milli-
seconds, which might be usable for this applica-
tion. Another form of delay is the use of a drum
recorder, where the information is recorded at
one point and picked off any desired degree of
rotation later on. For the making of duplicate
tapes, a very simple technique may be used to
provide the required delay; that is, two separate
reproduce heads may be placed on the machine on
vwhich the master is being played. The first re-
produce head would be used to provide the low
frequency information for the first record head,
and the second reproduce head would provide the
high frequency, short wavelength signal for the
second record head. The reproduce heads would,
or could be, identical and would merely be fed
into separate reproduce amplifiers, filters,
and record amplifiers.
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With any method of delay it will generally
be desirable to pass the low frequency and high
frequency portions of the signal through geparate
low pass and high pass filters respectively.
Since the bias on the second head is adjusted
optimally for the recording of very short wave-
lengths, any long wavelengths recorded by this
head would be distorted to some degree. The
overall response contributed by the two portions
of the system is shown in Fig. 9(b) and (¢).

The overall output will simply be the sum of
these two transfer characteristics. It is ob-
vious that there will be some interference be-
tween the signals at the cross-over point. If
the two are out of phase, there will be some
degree of cancellation; and if they are in
phase, there will be addition. This may be ana-
lyzed as follows: -

Let the double-gap recording system have
the characteristics illustrated diagrammatically
in Fig. 9; Fig. 9(a) indicates the way in which
recording takes place at the two gaps. The sepa-
ration "d" between the two recording zones leads
to a time difference T= d/v between the recorded
signals. Fig. 9(b) shows the response-frequency
characteristics of the long-gap recording chan-
nel, including the effect of the bias from the
short gap plus low-pass filtering and replay
equalization. The transfer function of this es-
sentially low-pass characteristic is represented
by

A=K g(f),

where g(f) is a decreasing function of f of
initial value g(o)= 1. Fig. 9(c) shows the
corresponding characteristic of the short-gap
recording replay channel. If the response cha-
racteristic of the double-gap system as a whole
is to be flat, the transfer function of the
short-gap channel is given by

B= K (1 - g(£) ).

Recording with both gaps simultaneously,
we get an output proportional to

Asinwt+Bsinw (t - T)
= sin vt (A+ B cos wT) - cos wt (B sin wT),

80 that the transfer function of the combined
channels is given by C, where



= (A+B cos wI)°+ B2 gin? wT

2

A2+ B+ 2ABcos wT

(A+B)2 - 2AB sin? (wT/2)

@[ 1-2g(e) (1 - &(£)) s1n? fT],

or the normalized transfer function is given by
c/K = [1 - 2g(g) (1 - g(£)) sin® £T ],1/2

Minima in the response will therefore occur when

N ET = W[2, 3M[2, 5M/2, --- (2n+1)7V/2,
i. e. at frequencies given by
fo = 1/2T, £3= 35/2, £p=5£0/2,
fa= (20+1) £,/2 ,

and the ratio of the output of the n*P minimum
to the maximum output will be given by

1/2
o [r-ste) @ - st ],Y
and has its least value of 1/4, or - 12db, when
g(fn) = 1/2, that is to say, at the cross-over
frequency f,.

Typical values for a practical system are:

d= 6 mil
v = 1.85 ips
T = 3.2 milliseconds

£o= 156 cps

Minima will therefore be spaced 156 cps apart in
the region of the cross-over frequency (normally
about 1.5 kc)and have a maximum possible depth
of 12db. How many significant minima there are,
and how nearly the worst one approaches a depth
of 12db, will depend upon the sharpness of the
filtering and the choice of the cross-over fre-
quency. Ideally, if the cross-over frequency is
adjusted to be an integral number of f,'s, and
the filters effectively cut off whithin a fre-
quency range fo/2, there will be no minima.

This argument, of course, ignores any of the
miscellaneous phase shifts which must inevitably
exist in the two channels, and in practice the
required filter adjustments will tend to be
critical.
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A preliminary experimental verification of
the multi-gap technique was obtained at™1-7/8 ips
with the results shown in Figs. 10(a) and (b).
Long-wavelength recordings were made, using an
ordinary head having a 0.5 mil gap with the bias
adjusted to obtain maximum output at 125 cps
(14db below saturation level). Short wavelength
recordings were made using a head having a 0.1
mil gap with the bias adjusted for maximum out-
put at 10 kc. In each case the record current
was adjusted to give an output 1kdb below sa-
turation at the frequency used for setting the
bias, and this current was used throughout the
subsequent tests. The partial erasure of the long
wvavelength recordings by passing them over the
0.1 mil gap, energized by bias alone, is shown
in Fig. 10(a). The erasure is less than 2 db for
frequencies below the probable cross-over fre-
quency of approximately 2 kc. The frequency
response of the 0.1 mil gap recording is plotted
relative to the response of the 0.5 mil gap
recording in Fig. 10(b). It seems from the curve
that the potential improvement to be gained from
a double-gap technique incorporating the above
gap dimensions and bias conditions is approxima-
tely l2db/octave. Extrapolation to 15 kc indi-
cates an improvement of some 36db relative to
the admittedly somewhat overbiased 0.5 mil gap
recording.

Conclusions

The multi-gap recording technique has
proved to be effective in overcoming the fre-
quency-response limitations of conventional a-c
biased recording. In fact, this technique, or a
modified form of it, may well prove to be the
best for many applications. It is certainly the
simplest. Initial tests showed that the potential
gain in 15 ke response at 1-7/8 ips was more than
30 db using conventional tape; these results
have been confirmed in later and more practical
forms of the device. Time delay compensation is
not too serious a problem provided duplication
- rather than direct - recording is involved,
because correction can be introduced by repro-
ducing the master tape using two suitably spaced
gaps. Flutter requirements may be critical when
compensating for long time delays but should be
within the range presently achieved on high
quality tape transports.

It is probable that a further major im-
provement must await the production of more suit-
able tapes. Use of the multi-gap recording tech-
nique enables the audio-frequency range to be
covered adequately at 1-7/8 ips, but the back-



ground noise after equalization is relatively
high. A better tape would have a lower noise
level in the presence of bias, or require less
equalization, or would incorporate both these
qualities,

Finally, it should be mentioned that the
use of the multi-gap recording method need not
be confined to low speed audio recording. It
could be used to improve the performance of
higher-speed, audio-frequency recording systems
and also analog systems going to higher frequen-
cies. In particular, it could very easily be used
to increase the number of channels in a telemetry
data recorder. The problem of time-delay compen-
sation need not arise in the latter cage, if the
channels are suitably divided between the heads
(or gaps).
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Fig. 2. Loci of resultant field vector applied to
various layers of tape.
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Fig. 3. Contours of equal resultant field strength,
relative to the strength deep within the gap.
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Fig. 4. Anhysteretic magnetization curves for a
small signal field. a) Bias reduced to zero be-
fore signal. b) Bias and signal reduced to zero
together.
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Fig. 5. Anhysteretic magnetization curves for a
small signal field. a) Bias and signal fields
parallel to tape length, b) Bias and signal fields
perpendicular to tape length.
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Fig. 8. Two-gap record head.



RELATIVE RESPONSE db

Fig. 9. Illustration of two-gap record process. a)
Recording zones. b) High-pass characteristic
(short gap channel). ¢) Low-pass characteristic
(long gap channel).
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bias. b) Comparison of short gap and long gap
response.
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ANALYSIS OF TAPE NOISE
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Summary

Noise and the signal-to-noise ratio arising from
the transduction of a storage medium such as a magnetic
tape is analyzed for the case where the storage elements
(magnetic domains) are non-interacting and the magnetic
tape, except where otherwise specified, is homogeneous.
Since the fields arising from the tape are uniquely deter-
mined only if the boundary conditions (established by the
presence of the reproduce head) are given, the broad-
band signal-to-noise ratio is a function not of the tape
alone, but of the tape-head system. It is found that the
signal-to-noise ratio is proportional to the square root
of the 'effective' number of particles detected by the
head. Thus, the signal-to-noise ratio is proportional to
the square root of a length of tape, which is a measure
of the tape head-resolution. The noise itself can be con-
sidered to arise from sources which add, in circuit ter-
minology, serieswise both across the width and along the

length of the tape.

The essential source of the no-signal tape noise is
not in the surface roughness (assuming an otherwise ho-
mogeneous tape) or the physical distribution of the par-
ticles, but in the random orientation of the magnetic mo-
ments. Furthermore, a distribution in either the par-
ticle magnetization or the particle volume will increase
the noise. These conclusions are derived from purely
statistical considerations.

Although the basic concepts of tape-head noise can
be established without considering interaction of the tape
particles, the formulas for d.c. and a.c. signal-to-
noise and correct quantitative results for the no-signal
noise can only be obtained if the effect of particle inter-
action is included in the analysis. An externally applied
field divides the particles into two groups:'unflipped’
particles, which strongly interact, and 'flipped’ particles,
which weakly interact. Using this distinction, it is pos-
sible to derive the signal-to-noise ratio for d.c and a.c.
magnetized tape with no further reference to particle in-
teractions. The formula for signal-to-d.c. noise is
found; for small magnetizations it is seen that the noise
voltage is proportional to the square root of the magnet-

The author wishes to thank Paul Vadapalas of the Am-
pex Research Laboratory for plotting the curves in Fig-
ures 2 and 5.
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ization level. A.C. noise is found to be purely a modu-
lation of d.c noise. Obtaining quantitative results, of
course, involves interaction theory, a subject not
treated here.
1. Introduction

In all physical systems, the storage or transmis-
sion of a signal is the storage or transmission of a
phenomenon averaged over a small region in space or
time. Due to the inherent variability of nature, at any
instant of time-space the signal varies from its average.
In many physical systems this variation is called 'noise’.
Usually noise refers to a time fluctuation in a signal. In
this paper we discuss noise arising from a space varia-
tion in the signal such as would occur in a storage med-
ium, e.g. a magnetic tape, as it is transduced.

A magnetic tape contains a multitude of small
magnets ( > 0.5 «) or 'domains’', which we assume are
randomly dispersed and oriented. Any given signal or
bit of information is recorded on a host of such magnets,
a collection large enough to form a statistical ensemble
no matter how small the bit. Thus, a signal is constant
over a region of tape if its average over a statistical en-
semble is constant over a region of tape. However, at
each particle or domain within the statistical ensemble
the signal will vary. This random variation is the
source of noise. It is necessary to point out that only
random variation and not discrete variation of magnetic
sources produces noise. Thus, a medium with continu-
ously varying random magnetic sources is also a noise
source. (Continuity, of course, does decrease random-
ness generally.)

The purpose of this paper is to establish basic
concepts in the theory of magnetic tape noise and from
these concepts determine the functional relationships
among the relevant parameters. The approach is based
upon a simple statistical analysis of the magnetic do-
mains in the tape. Since thé noise, and the signal~-to-
noise ratio, is detected by a reproduce head, it is nec-
essary first to evaluate the tape-head system and then
determine the degree to which tape and reproduce head
can be considered separately in the evaluation of noise.

_Background, d.c., and a.c. noise will be analyzed using

the same approach.



A general analysis of noise can be considered as
consisting of two phases: (1) an analysis based upon
non-interacting domains; and (2) an analysis based upon
interacting domains. Only the latter phase can secure
accurate quantitative results; however, this approach
will inevitably expand to include other concepts as well
as noise, such as coercivity, remanence, anhysteretic
susceptibility, and ultimate tape information capacity.
Therefore, since the hasic concepts of noise are estab-
lished by phase (1), we deal primarily with it and con-
sider only the results of phase (2) analysis which are
fundamental to an explanation of d.c and a.c. noise. In
this paper, we do not necessarily expect accurate quan-
titative results from an analysis of noise resulting from
actual tapes, which generally consist of interacting do-
mains, even though the tapes be homogeneous. We do
expect, however, the functional relationships among the
relevant parameters to be true, even for interacting do-
mains, except where otherwise indicated.

2. The Physical System

If 2 magnetic tape with a signal on it is passed by
a transducer susceptible to magnetic fields (magnetic
head, conducting loop, Hall effect head, etc.), an output
signal is produced by the transducer, generally in the
form of a voltage. Both the magnitude and the accuracy
of the response is determined by the geometry of the
transducer, the tape transducer spacing, and the inher-
ent material characteristics of the transducer, such as
its frequency response, susceptibility, etc. The small
variations in the signal on the tape due to the random
magnetic sources in the tape are themselves detected
as small random signals (noise) by the transducer. The
impressed signal and the noise are detected by the head
in a similar, but not identical, manner. Therefore, an
attempt to 'normalize' the noise, i.e., to eliminate the
effect of the head (and the strength of the magnetic
source) by taking a signal-to-noise ratio (S/N), is only
partially successful. Thus, in analyzing noise, and also
S/N, it is necessary to consider the entire tape-head
system and not just the tape itself, including tape-head
spacing, head geometry, and other system factors. The
factors which are relevant are then determined by the
analysis. It will be found that S/N is a function of all
these factors, except that narrow band S/N, i.e. the
ratio of signal and noise of the same wavelength, is ob-
viously a function of the tape only and not of the head.

Particular attention must be paid to a description
of the tape itself. The magnetic layer on the tape is a
thin layer ( ~ 0.4 mil) of magnetic sources. These
magnetic sources are small particles generally assumed
to be single domain particles. A single domain is de-
fined as a permanent magnetic dipole whose magnetic
vector direction, but not its size or moment, is a func-
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tion of the applied field. In actual magnetic tapes there
is much clumping of particles. If domain nucleation
exists at the points of contact, then it is possible that
two or more particles would form a single domain.
However, it is assumed here that practically all of the
particles are small enough to be isolated single domains
and large enough (out of the superparamagnetic region)
to be permanent magnet dipoles. The particles them-
selves can be acicular (< 0.54 x < 0.1 «) or more
uniform in shape, such as cubic or hexagonal (< 0.1 ).

It is to be noted that the main limit to the record-
ing of very short wavelengths is the recording resolu-
tion, which is determined by the gap width and tape-
head spacings, and by the demagnetization within the
tape. However, if the recording resolution were per-
fect and we disregarded demagnetization, then wave-
lengths considerably smaller than a particle length
could be recorded. This is mentioned only to empha-
size the fact that noise wavelengths much shorter than
particle lengths also exist on the tape. However, since
the bandwidth ( < 1 mil) contains only a small portion
of the total noise, we can assume all wavelengths sub-
sume a statistical ensemble of particles.

We assume we are investigating single domain
particles (described by the Stoner-wohlfarth Theoryl),
randomly distributed with no interactions. (Only in the
particles of d.c and a.c. noise will the effect of par-
ticle interactions be introduced.) The particles are as-
sumed to be less than 1 « in their longest dimension
and, on the average, less than 1.« apart. As the tape
passes by the reproduce head, some of the flux from
each magnetic particle enters the head. Since the par-
ticles are assumed to be randomly oriented (completely
demagnetized tape), the flux entering the head varies
randomly with the tape motion. If there is a signal on
the tape, the flux entering the head varies randomly, to
a small degree, around the signal level. The degree of
variation determines the noise of the head-tape system
and occurs with or without a signal present on the tape.
It is this noise which is the subject of investigation in
this paper.

3. Statistics of Noise

A distinction is to be made among the terms 'mag-
netic source', 'noise source', and 'noise'. The 'mag-
netic source' is the magnetism of the particles. The
'noise source' is the variation of the magnetization from
its mean. For no-signal noise, the mean is zero. The
noise source is defined more specifically as the stand-
ard deviation of the magnetic moment, ( (m)*, where
m is that component of the particle moment giving rise
to the head-detected field. On the other hand, 'noise',

* All notation is defined on page 17.




N, depends not only on ¢ (m) but also on other factors
yet to be determined. Thus, noise arises from the noise
source, and the noise source arises from the magnetic
source. Since the tape is assumed to be homogeneous
and the tape velocity is constant, the noise per unit ve-
locity of an equalized head is given by a direct calcula-
tion of the noise flux. The system is shown in Figure 1.

If A¢' (X,Y,2) is the head-detected flux arising
from a magnetic source of the particle moment compon-
ent, m, at point (x,y,2z) in the tape, and if AN is the
noise flux arising from a volume of the tape, Av,
which is large enough to contain a statistical sample of
the particles but small enough so that 4> (x,y,x) varies
negligibly over it ( ~ 0.5 mil“), then

(aNZ- | (ad-A¢)%dn,

AV

=nAv/(A4~—&'dz)2—ﬂ’— ..... (1a)
nav

where n is the av?arvage particle density within A v .

Although n', the particle density at a point, is a random

variable and thus varies within Av, in a homogeneous

tape, n itself is a constant for all Av.

(ANZ2-nAvE [(A4>-A"4>)2]

where E [( A —A—<P)2J is the expectation of (A ¢ -
AP).

Then, since by definition the expegtation of (& P -
A") is the variance of A (o‘ (A 4;)) , we have

2 2
(AN =nAv 0O (&)
(Note: -;l—diﬂv— is the probability distribution of & ¢ .)

It is interesting to note that the randomness of the
particle density in a homogeneous tape does not contrib-
ute to the noise, except as a second order effect. Thus,
with respect to noise, a perfectly uniform array, ran-
dom only in the particle direction, is equivalent to the
given randomly dispersed array. The arrangement of
the array becomes significant only if the moments and
their directions are all identical, in which case the first
order effects disappear. The effect of random arrange-
ment can be calculated by assuming that each statistical
ensemble consists of identical numbers of particles, of
which a small random number are of zero moment or
oriented in a direction such that their fields are not de-
tected by the reproduce head. Thus, the effect of a ran-
dom distribution is merely to modify slightly the distri-
bution function of the particles. Leaving aside this sec-
ond-order effect, the noise from the entire tape is

N? . /(Am2=n /JZ(AqL)Av
It is thus necessary to evaluate J 2 (ad).
_The flux in a reproduce head due to a magnetiza-
tion M in a tape is given by the formula®™:

4>=j—1\7l-ﬁdv
v

where H is the field from an identical head having a unit
difference of potential on its two surfaces.

This formula holds as long as the permeability in
the head is independent of field, i.e. as long as the
field relationships are linear. This is certainly true
for the essentially infinite permeability heads normally
used. It should be noted that this formula does not con-
sider the effect of the reproduce head on the orientation
of the tape particles, an effect which we do not evaluate
in this investigation. Then, the head-detected flux from
a single particle of the tape is:

Aty - BT A,

where O is the average volume per particle in the

particle-matrix mix, and M is the magnetization in
Av. ’

Then, if each particle has a volume u , a magnetization
j , and a magnetic moment E, we have:

v K u g -

M b&v,= ](Avo) HVgz ju=m .... (@3
and

A $(x,y,2) = m-H =mHcos (m,H) . . .. (20)

Assuming that H, and H, donot affect m, and

my, respectively (which is only approximately true) ,
then3;

2 - = 2
c¥ag)= 0% (@ H)= 0lmH +mH) -
2 2 2 _2 2
zH" 0 'my)+H" 0 m)” ..... “)
Then, from Equations (1) and (4) we have:
2 2 2
N =n [sz 0 (my +sz ") (mz)J dv
v
or
N%:n 0 2(mx) sz dv+ g 2(mz) sz dv|. (5)
v v
Now we have:
m, = m cos (m,x) = m @'x
m, = m cos (m,z) = m 6, .- (6)



Then: —_—
: 2 2 2 2 2
0 my)=m" g7°(By=m" B
2 .2 B a7
Uz(mz)=m 0%(Bpy=m" 8" ..... M
Therefore: . -
N2 = nm?Z [ﬂxz /sz dv + (322 [sz dv]. . (53)
v v

Now, in the section on spectrum analysis of noise,
we show that

2 2
H dv = /Hz @\ c cooooooo o (8
v v
Therefore:
2 num y 2 7 2 2
N=—2— 3x+@z)/ﬂ dv . ... .. (9a)
v
or:
2 2
N2 - S (@ )fﬂ AV e ©b)
v

Now, since the reproduce head structure is as-
sumed to be uniform across the track width and of large
dimensions compared with the thickness and the statis-
tical region, A u , then Hy and H, are not functions
of the lateral coordinate y.

Therefore: oo dit
2 2
/H dv = w[ dx /H x,zydz .. ... (10a)
_V -0 d
If H2 is the mean square of H, then:
2 2
H'dv = wt | H (x,t,d) dx ...... (10b)

v -

Since it is generally true that the second moment,
N®, is proportional to the total number in the collection,
we now wish to put our formula for N~ in such a form
that it is porportional to the 'total number' of particles
the head detects. This requires the introduction of ef-
fective lengths of tape for each field component. There-

fore, if Xy is the location of maximum Hx' and X, is

the location of maximum H,, then:

[ };;2 (x,t,d) dx

- oo

—

2 -
Gx (t,d) =

-

2
=1 H (xpt,d)

2 _ "‘2 2
G,” (t,d) =[ ™ (x,t,d dx =71, H" (x5,t,d) . . (11)

where ry and r, (it will be shown) are measures of the

effective lengths of tape seen by the head in noise detec-
tion of the x and z components of the particle moments.
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Then:

_—

2

2 2 2
N =nwtm [6x rxHx (xl,t,d) +

) 2 H 2 t,d
X
B, r,H, &,td
In order to interpret r_ and r_, we refer to Equa-
tion (2a), where the flux, A <, can also be written as:

Z

A <'>(x,y,z) = mog(x’ysz)

where g(x,y,z) is the flux detected by the head from a
unit source at a point (x,y,z) in the tape, and m is the
strength of the source at (x,y,z). Thus, m ,can be iden-
tified with m cos (m H), and g(x,y,z) with H(x,y,z).
Therefore, H_ and Hz are the x and z components of the
flux from a unit source in the tape detected by the head;
and r_ and r_are measures of effective lengths of tape
seen gy the head in noise (mean square flux) detection
of the x and z components of the particle moments.

We can regroup the terms in Equation (12) as:

2 = [mz(n wt ry) ﬁxz sz(xl,t,d)]

2 2
N :N1 +N2

+ [mz (nwtr) ﬁzz sz (xz,t,d)]

Thus, the noise detected by the head has two indepen-
dent sources, the x and z components of the particle
moments. It should be pointed out that the definition of
ryand r, in terms of H maximum and H maxi-
mum is somewhat arbitrary. The definition could just
as well have been in terms of H ™ average and H,

average, or HX +Hz maximum.

The expression for the noise in Equation (14) is
quite general. It states that a detected noise power,
say N_“ in a magnetic head, from a random set of
sourcés, e.g., in amagnetic tape, is proportional to
the su@_of noise sources, n wt ry, each of strength

2 2 T2
m Bx H "(x,t,d)
rther analyzed. It is the product of three terms:

The noise source itself can be

2
()] ﬁx , the value of the noise source; (2) m2, the
strength of the noise source; and (3) H (xl,t,d) , the

mean square flux from an 'average' unit magnetic
source. (Of course, the same statement also holds for

2
N,
Now, r.,r, = f(t,d); thus, the number of noise

sources the head 'sees' or detects from each component
is a function of both the tape thickness and the head-
tape spacing. Since Hx (xl,t,d) and Hz (x2 ,t,d) (both

mean square flux from an 'average' unit magnetic source)



are also a function of t and d, then the noise source
strength, m“, is a function of t and d. Thus, the head-
detected noise will vary with tape thickness and tape-
head spacing because, generally, both the number of ef-
fective noise sources and their detected strengths vary.
As the head-tape spacing increases, the noise, of course,
will drop off, even though we expect the number of par-
ticles the head 'sees’to increase. Thus, the noise and
the noise resolutions, r, and r_, have an inverse rela-
tionship to each other, as will ﬁe shown later on. Fur-
thermore, since the head-detected flux is a function of
the head structure, then G”(t,d) and therefore NZ are
functions of the head structure. This statement will be
illustrated by specific examples when we evaluate the
noise from specific head-tape systems.

It is now of considerable interest to compare the
no-signal noise, which is the limit of the 'lowest pos-
sible' recorded level, with the output of a saturated tape,
which is a measure of the maximum possible recorded
level. The d.c. signal, or remanent flux from a satu-
rated tape, is simply the flux created in a cross-section
of the tape. However, for purposes of comparison with
the noise formula, we will derive the simple formula for
S in a manner analogous with the derivation of N”. Thus,

we have:
S=/(A¢)dn=n/(A¢)dv

..... (15a)
o0
-nmwt | cos (m,x)[l—{x(t,d,x) dx
+ c?s(m,z)f Hytdxdz | ....... (15b)
Or, in other notation:
S=nmwt [,?x éx(t,d) + éz éz(t,d)] . .. (150

where

« — d+t
Gy (t,d) =/ﬁx(t,d,x) dxi_—/% H (x,2) dz
~ w0 7 oo d
Gz(t»d) i/ Hz(t,d,x) dx

i d+t
-/ 9x d 1
= : / Hz(x,z) Z IR (16)
4 o0 Jd
Since éz(t,d) = 0 for a symmetrical head, we have:
Sznmwt B, G, ........... (15d)

Thus, the flux entering the head is simply the flux cre-

ated in a cross-section of the tape.

’
- We can define re;‘solution terms for the d.c. sig-

nal the same as for the noise. Thus:
RyH (6,6, =G, .. ..onn e (1
and o
S=(nwtRy) m F_ Hx(x,t,d) ........ (18)

This is quite general and is simply the formula for the
coherent addition of sources.

Comparing S and N, we get:

' 3 = |2
2 G.G
_Sz_ -2nwt _(,._’2‘__1_{]_ ........ (192)
2
N
; A Gy
or
2 - - 2
S _onwt (BxRx Hx(xl’t'd))
== 5 -t — (19b)
N 8 (rxHx (x,,t,d) + T, H, (x2,t,d))
e 2 2
.s_ =inwt L
N2 r
= - 2
(Bx cos 91 Hx(xl,t,d))
2 2 o2 > 2 . -2
6x cos 02 H (xl,t,d) + 62 sin 92 H, (xz,t,d)
...... (19¢)
here r°zr “+r 2;0 =tan | 2| and similarl
where r = r r, s g = - ,and similarly
X

for R and 01.

We see that the ratio of signal to noise powers is
proportional to an effective number of source particles

R

n wt -
terms. This general form, of course, is not contingent
upon the particular physical system we are concerned
with, but is the result of calculating the ratio of the first
to the second moment of some property of any collection
of random independent sources. However, by putting
S/N into this general form, we can more clearly en-
vision the physical basis of S/N statistical characteris-
tics for tape-head systems. Thus, the concepts of noise
and signal resolutions, i.e. r and R, become apparent
if we express S/N in a general statistical formulation
like the above.

and the ratio of average to second-moment

Interestingly enough, the resolutions themselves
can be expressed as statistical moments of the unit field
components, H, and H,. This appears reasonable,



since certainly the effective length of tape measured in
noise and dc signal determinations will be a function of
the head field. And since the head does not detect the
flux from the particles individually but only as a sum,
any spatial ordering of the fluxes from the particles is
irrelevant to the head. Thus we write:

>
= - dx =)
Sx = lim Lﬂx(x’t’d) a E @®Hy

= > = == 900~ (20
G a [ H “(x,t,d 3 E(Hx )
— 00

X

where -%— is the probability function of a particle in a
homogeneous tape of a length dx. It is to be noted that
both E(Hx) and E(Hx2) zére zero, but the ratio is de-

fined and has the value —=_ ., Then:
Gy
E (H) () ay
2} = = 2
= (sz) o 2(Hx) u [(Hx)av]
= L L {21a)
(# -
__") + (Hy,,
(Hx)av
Therefore, since (I-{x)av = 0, then:
: (}2 = (:") av_ . (21b)
E (sz) o @)
Thus,
2 _
g ()
I‘x - sz (xl)
Rx a-{x)av
Hx (xl)
and
2 _
0 (H)
2
T U 22)
Ry Hyay
Hx (xl)

Thus, the ratio of the resolutions can be written as
a 'normalized noise source'. We can also express S/N
in terms of this 'noise source':

2
2
S -(B") | @3
N2 P a2\ | 7 5 2()
X (i_'{ zZ o
x)av (Hz)av

4. Evaluation of the Field Terms

It is now necessary to actually calculate S/N. We
will first evaluate the field terms and thus show explic-
itly how S/N depends upon the head-tape system. As our
first system we chose a simple but useful case, i.e. a
zero magnetic gap or any zero thickness linear detector
of infinite extent. The field components arising from a
unit difference potential head (i.e., the head-detected
flux from unit source components) are”:

42z
H, =
x x2+z2
H =4_x2 .......... (24)
X +2z
Then (-4 oo d+t
G = | H et dx =] X H (x,2) dz
= (x,t,d) dx = t %2
J J . “d
d+t o
4 dx
= — z dz -—-2——2—= 47r
tj’ x“+z
d - o
o= [ d+t
2 aF dx 2
G, = | H “(x,t,d) dx = T/ H “(x,2) dz
- 00 ) d
d+t o
16 2 dx 81 t
:Tj' i B vl l°g(1+d')
Al (x +z2)
- oo
.« . . (253)
= °®  d+t
2 2 dx 2
G, :sz (x,t,de://Tf H, (x,2) dz
' <o Z oo d
d+t eaz
16 x dx _ 87 t
== d = =L log [+~
t {(X2+z%2 t og(+d)
d = = ‘ _
..... (25b)

Thus, from Equations (5a) and (25) we get:

16 7

NZ - n wt m2 [é:z (;:2] Tl%(1+-di). .(26)



and from Equations (15d) and (25) we get:

= g\aTT L. 2
S=nwtm (ﬂx) aM (4]
Therefore,
2 . 2
.§_ = 'r(t '(BX )
3 wt n == - (28)
N g1+ || A2+ 6,
t
For—= < <1
o 5 <
' N2 2n wt m? (;2) % ....... 29)
= .2
. (8
S_Znwt i R 30)
2 g2
N 2
S
Thus, for thin tapes spaced far away from the head, —
N
is proportional to both thickness and spacing, while 2
N2 is proportional to % For larger values of L , S—2
N

increases much more rapidly with thickness but only

slightly more rapidly with spacing, while N2 is affected

only slightly by variations in either t or d. Generally,
2

the variation of S—2 with thickness and spacing can be
N
interpreted as the effective number of particles the head

'sees’.
2 52
The formulas for N~ and — are plotted in Figure
2. We now calculate the resolutions.
(24) we have:

d+t
2 1
H (xl,t,d) tj
d

From Equation

2
Hx (xl,z) dz

dz _ 16

6
Sh=— = , X = . (31
t ZZ Tdaw 1 (312)
d
2 1
‘Hz (x2,t,d) = 't— H (x ,2) dz
4
= _t d(d+t) » Xg = G

1
S
h
M = %
&
><'u:l=
—
»
-
N
[=%
N

Hx(xlrtvd) =
T d+t .
=_4_J dz =.4_1g(1+t) ..... (310)
t t
d
d+t
. 1
Hz(xz,t,d) = TJ, Hz(xz,z) dz
d
d+t
_2| dzoz,t
= tf & =2 1g(1+d) ..... (31d)
d
Therefore, from Equation (11), the resolutions
are: _
2 t
o Tx (1 Td (1 +"’) t
r = = _(—2-) T g (1+ d) . G2
X (xl) d
— t
' r __,z__GZ _mm 1+1). . .(32b)
z" H (x) ) t d
z ) d
G
R =g = Tt 2 GaacaGes (32¢)
x(xl) 1g(1+ F )
The formulas for the resolutions are plotted in
Figure 3. We notice that r, = 4 r,, indicating that

the noise length from the z component of the particles,
arising from an effective length of tape detected by the
head, is four times as great as the noise length from
the x component. This is not surprising, since the field
from the x component is more closely confined to the
gap region than the field from the z component.

It is easily seen that Rx =r, for all t and d, and
that Rx =T, for all t and d except —3_ < < 1. The ef-

fect of an incoherent, as compared to a coherent, super-
position of signals, therefore, is to decrease the effec-
tive length of the tape detected by the head.

For-;—<<1,
+ Td
x* 72
rz‘='211’d
R = T ] I R (33)



t
For SR )l
~ 7 d t
A 1 —)
"x 2 g{ d
r ¥ 2774 1g(-‘-)
¥ d
g = odeire a4
= lg(L) ............ (34)
d
Calculating the resolution for the actual field
around a non-zero gap head is a tedious problem. How-

ever, since the field shape is known, the effect of the
2

N2 Since the field is

b
8

actual field on can he estimated.

approximately uniform in the region

= /Z, ’
aske

8 b

Therefore, as z —= 0,

<

S/N approaches £ there. In the region 0 Z

the field is peaked at the edges.
all resolutions approach zero; but l-lx(xl) and ﬁz(xz)

grow larger, and therefore N2 grows larger. (Theo-

2
retically, N2~—- == ) Thus, even though N —= oo |

the smaller the spacing, the smaller the noise resolu-
tion and the larger the S/N.

It is interesting to note that for a zero-gap infinite
head, H(y,z) is also the field from a row of unit parti-
cles across the width of the tape. This is to be expected,
since within an infinite permeability head the lines of
magnetic induction from the tape field are the same as
with no head present.

5. Noise Spectrum Analysis

Now, a complete specification of the random varia-
tions in a system, which we refer to as noise, requires
the knowledge of an infinite set of terms, such as the
values of all the statistical moments or a complete
spectral analysis. The definition of noise as the second
moment of the statisitical variable (the noise power),
therefore, is a significant but not complete statement of
the random variations. The most useful expression of
completeness is the specification of the spectral density.

The spectrum of a random assemblage of indepen-
dent identical sources, of coursec, is the same as that of
the individual sources. However, since the sources in
the tape are spaced varying amounts from the head, the
field (and thus the spectral density of the field) will vary
for particles throughout the tape thickness. We thus ex-
pect the spectral density of the head-detected N to be a
function generally of both tape thickness and head-tape
spacing. Furthermore, since the field from the sources
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is uniquely determined by the field boundary conditions
established by the head geometry, we expect the spec-
tral density of N to be a function of head geometry.
Thus, the noise at a given wavelength is detected sim-
ilarly as a signal of the same wavelength, the head, of
course, being incapable of distinguishing between noise
and signal. The S/N at a given wavelength, therefore,
is not a function of the head-tape spacing or of the head
geometry. A general proof of this statement will be
given later in this section. We now determine the noise
and signal resolutions at a given wavelength and also the
narrow band signal-to-noise.

Equation (52) states:

N2 t e 2G2td Bsztd
=n wt m +
ex x(’) z z(’)

where from Equation (11),

d+t ]
TP T ety SEL
() = 3 2 | B 2 ax

d 2 o=

d+t e

2 1
GZ (t,d) = T
d

Now, since it is assumed there is no particle interaction,
then:

dz sz(x,z) dx

P =4

o0 oo

2 2
Hx (x,z) dx = Cx (k,z) dk

(=4

o o0

2 2
I—IZ (x,2z) dx = Cz 2y dk .« « wrn

2 ar.,
~

o o

where k is the wavenumber ( =
the spectral densities, are:

00
C_(k,z) :\/i /H (x,z) cos kx dx
X T P
o
o
C (k.7 ’\/-f in kx d
Z( W) = p= § I{Z(x,z) sin kx dx

Then, the noise power in bandwidth dk is:

) and C; and C,,,

(36)

d(N2) = 2n wt m2
=12| T2 TR T2
B, C, ity + £, C, (k,t,d)

. (37

where

3 -

d+t
2 1 2
C, (.t d) =T C, (.2 dz
d

d+t

sz(k,t,d) -

2
s C, k,2) dz . . . (38)

a—



Since it will be shown later that C, = C,s then from
Equations (38) and (11), the spectral density of the reso-
lution is given by:
o 2
4 2C, "(k,t,9)
o ] [ R
X3 2
[ B &)

r 2
2, (k,t,d

L2

H,"(x)
We now evaluate Rx and Rz , the resolutions of a

given recorded wavelength. From Equation (17) we have:

dr_ =
z

—

oo
. (__‘,x i} [”ﬁx(t,d,x) cos kx dx
x ———————————— T
Hx(xl,t,d) Hx(xl,t,d)
oD
g, [ }—Iz(t,d,x) sin kx dx
o]
R, = — - - ... .40)
H,(x,,t,d) Hz(xz,t,d)
Since C, =C,, G, = 27 Cx,and Gz.-. 27(Cz,

then we have, from Equation (15c) , th/e peak signal:
1/2
=~ .2 .27 =
= t
S=nmw [( 3)) +(ez) ]Gx

=\27™ n mwt[(—ﬁ)22+( ;z)z]éx .. a1

Thus:
2 - 2 - 2 - 2
( + C
32 = Tnowt [ 3’2,_“92) ] e (42a)
dm’) g2 c.?
dk X
In terms of the resolution spectrum:
2 - - 2
S =27n wt [(8’2+(ﬂz)]
ae) o2
dk
[R H@x)+R ﬁ(x)]2
SIS (42b)

—_ ——

2 2 2
Hx (xl) drx + HZ (x) drz

We now determine the spectrum using the field
equation for the zero-gap head. We have:

X +z

-kz
=4\ /I
\/2 A
00
2 4x
C (k,2) = \/=— | —E— i
2»2) 7,,/ R sin kx dx
o

X +2

oo
o /2 4z
Cx(k,Z) =\/71 / 2 2 cos kx dx
(-4

(If the head is finite, then for small k, Cz(k,z) —0.)

Therefore:
d+t d+t
1 f 2 8 7 f -2kz
t Cy (k,2) dz = n e dz
d d

-2kd [ -2kt]
1

_8MMe

2kt

and also:

d+t
1 2
t f C, (k,z) dz
d

Therefore:

2

d(N2)=n wt m2 [

and since

d+t d+t
1 4 -kz
TI Cyk,z) dz = ¢ \/—7%— f e dz
d d
aVicd ekd [l—e'kt

2 kt

d+t

1 . [-e—kd [ okt |
t { C,(k,2) dz=—tw-2E L it

.(46)

we have for the root mean square signal:
/2

I e-kd [1_e—kt]
kt

.( -8’22 o éz)Z
V2

S-4Tnwtm (47
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and 2
2 ( ) + ( kt )
? ;’);l' nwt[ 6,{ ——2(62)] iy 3
a9 A &t
dk 2
..... (48a)

For uniaxial particles randomly oriented, it will
be shown that

- 3 1 2 2 »
By= B, = 55 -andg” = 5 . Therefore
SZ 5 tanh(z—t)
—PUI S T v e (48b)
dk 2

Equation 48a is plotted in Figure 4.

For long wavelengths or small tape thicknesses:

S 72 = 2
82 o [(ax)+(BZ)J _37’nt
e A = e
dN ) g
T T vt B (49a)

2
Thus, in this region, the narrow band S /N2 is propor-
tional to the tape cross-sectional area.

For short wavelengths or large tape thicknesses:

s T t[(@f:—(éz)Z] 1 ‘l

1"

n wi

2 2 kt
a? g % |
dk
= 37 =
T nWt_k_t\ ........ (49b)
2 !

and the narrow band Sz/ N2 is independent of the thick-
ness and proportional to the wavelength. A tentative
comparison of theory with unevaluated experiments shows
close correspondence. It will be shown in the section on
d.c. noise that d.c. noise can be understood if we as-
sume that only a small fraction of the particles contrib-
ute to the no-signal noise, and that therefore there must
be sources of noise in the tape not evaluated here.

The spectral analysis of the resolutions gives:

2
C,)k,t,d) -2kd [, -2kt
X dk = 2Te 2(ll(te )d(d+t) dk

dr_ -
X

2
H o 6x)
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2
Cc. “(k,t,d -2kd [ -2kt
o S . B = SO L (2}“" ]d(‘m) dk
=3
H,"(x)

C kd[, -kt] ]
_ Gkt G e r|1-e t |
2

X FI t
x(xl) kt 1g (1+ _(I)
éz(k’t’d) 1. [ o df, o=kt
B ——— a5 \F urat BN 1)
Hz(xz) kt 1g (1+E ) J

Equation (48) shows that for the zero-gap field,
the narrow band-signal-to-noise is independent of head-
to-tape spacing. Thus, the spectral density, or the
mumber' of wavenumbers the head 'sees’', is independent
of the spacing. This is obvious, since the range of any
wavelength is (- o0, o). Therefore, we expect the
narrow hand S/N to be independent of gap width, at least
for an infinite head of effectively infinite permeability.
This can now be shown explicitly.

The potential in the region outside an infinite head

of effectively infinite permeability (i.e., where z = 0)
can be expressed in terms of a Fourier integral :

4 (x,2) =~\/__,2T_/ g sinkxe Cdz . . . (51)

This, of course, 1°s nothing but the required solu-
tion of the Laplace equation, which describes the field
in the head region. Then:

oo
2 a2 /2 -kz
Hx(x,z) :-a—3=- —_)-_r—-//kg(k) cos kx e dk
o
oo
__o¢ al2 ; -kz
Hz(x,z)_ S o /kg(k) sin kz e dk (52a)
“o
o

Therefore,

kke-kZ ¥ = H (x,z) cos kxd

g(k) E o ,Z) CO X
[~

o0
z 2 .
= ? Hz(x,z) sinkzdx . . .(52h)

o

However, by Equation (36) we see that

and =7
kgk) e

Z

CHEIE lcz(k,z>l skg e ™

Therefore:

e

3 % ~2_ 22 -2k
c“=c, +c, :kg(k)‘tz‘f e g

2kdl 2kt]d
. 2k2g2(k) e 1l-e

e solae = (53a)




also: s -5 5g | e[ o Kt]2
- 2 - - .
C“=C,"+C,"=2kg"®) 2.2 . .(53b)
Thus, from Equation (42a),
2 (z)%+(B )2] tanh Xt
s° .7 6y z >
5 "o n wt = m
) ¢ 2
dk
...... (54)

Thus, for large heads of large permeability, the narrow
band S/N has been shown to be independent of the spac-
ing, as was expected.

It is also to be noted that since

——

H2dx= Czdk
x X

then j’ _
2

H dx =
X

Of further interest is the signal-to-noise ratio in a
given bandwidth. This is determined here for the zero-
gap case. Since we have

szx
z

1-e
2kt

-2kd[ -2kt]

2 1167 e

d(N)2=nwtm2ﬂ dk (56)

then
NZ - nwtm? g2 1sTF[E1(2k1d) - E, (2k1(d+t))

-E, 2k, d]+ El(2k2(d+t)]]

where k2 > kl.

2T
15
mils ! and a thickness t of 0.25 mil and 0.5 mil, we can
evaluate S/N as a function of the spacing, d, where S
here has most significance when taken either as d.c. or
k2+k
2

shown in Figure 5 as a fraction of the noise power in in-
finite bandwidth.

For a bandwidth of (kz, kl) =(0.277, ) in

The noise power in the given bandwidth is

6. Determination of the Means and Variances

——

It is now necessary to relate the variances, g
%5 - ~ x
and @ 2 * and the means, gx and @z' to the actual

tape properties. This is merely a matter of calculation.
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By definition® ,

. — 2 dn
:f [cos (m,x) - cos (m,x)] PO, )y
7y

2
by
8, :L [cos (m,z) - Gos (m,z)] P,0,4) 77

where N is a solid angle of integration. For no sig-

nal, ¢os (m,X) = ¢os (m,z) = 0. If the particle direc-
tions are randomly distributed, i.e., no particle orien-
tation, then P_(e, $) = P, $) =1, and clearly,

2 2

B’X: ﬁz=3

For a saturated tape, we have:

- d
By = [ cos (m,x) Px(0,4>)4—7.,-
J\-/z
- dn
. f cos (m,z) PZ(9,¢)_—4W,
N

z
Again, for no particle orientation, it is clear that

8

Thus, from Equations (27) and (26) we get:

1

2

é -

X

S=27Tmmwt . ........... (59a)
and ¢
lg(l+ g
N2 167 (%] ' matwt - (59h)
Therefore,
2
S o3 [t ] (59¢)
N2 8 lg(1+5)

14
Thus, if n = 10 part&cles/cc, w = .25 inch,
t=.5mil, andd = 50 x 10™° mils, we get:

7

S/N%2.5x10 =80db
As stated previously, this result appears to be much too
high if d.c. noise is to be explained. Thus, there are
sources of noise in the tape not taken into account here.
It is to be noted that itzthe head detected all components
of m equally, then (8 ) = 0 and the noise would be
zero.

7. Surface Noise

Implicit in our derivations so far has been the as-
sumption that the magnetic surfaces of the head and tape



are perfectly smooth. This, of course, is never the
situation. We now estimate the increase in noise due to
a rough magnetic interface between tape and reproduce
head.

The magnetic surface roughness is equivalent to a
particle distribution function in the z direction, P(z),
still assuming an otherwise homogeneous tape. The most
that can be said about P(z) is that at z = d, P(z) has some
value Pl; that at some slightly larger value, i.e.,z = d

+2,, P(z) = 1; and that as z increases beyond z = d+zo,

P(z) = 1. In other words, the distribution of the mag-
netic sourcesis independent of z for z = d + z,. Inor-
der to get an estimate of the effect of magnetic surface
roughness, P(z) is assumed to be a linear function of z.
Therefore,

1-pP P, (d+ -d
P(z) = z( 1) G P2y d (61)
Z z
o o
d+t it . d+t o
J' z2P(z)dz 2X22:f —Z(de
d ‘”(x +27) d
o oo o Pl(d+zo) -d
2 1 %5
t
z 1 +E
g |1+ il Ig 2 D (62a)
(3]
1+—
d

Thus, the ratio of the noise powers, with and without
roughness, is:

. . (63b)

The integral of the field is:
d+t

j z P(z) dz

d

o0
—dx

X2+ Z2

d+z d+t

o
f P(z) dz + [ dz
d

d+z
o
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T

2

1

1-pP
t - 5 Zo |-
Then, the ratio of the saturated signals, with and with-
out roughness, is:

S 1-p ) z
1 1 0
— B8 = —=,
S ( 2 e A (64b)
2
The relative S/N is:
2
2
Sl 1-P z
—_— 1- 11 %
2 — || ==
N 2 t
L. - (65a)
Z c..
2 = -
N 1+ (1-P | 1 7
d
t
1g {1+ d )
For the limiting case of extreme surface roughness,
P, = 0. Then:
1
2
S
2 z 12
: h- 2
1 - 2t
2 Z . ... (65b)
S lg (1+T;’.)
— 1- —_dl
N -9
1+ d
t
g (1 +4 )

We find only about 1 db increase for reasonable
values of the parameters. For instance, we geta 1 db
increase in S/N for the following case:

z_ = 50 x 10" mils

[¢]
d=5x10"°
t=.5

Thus, surface roughness contributes very little to
the no-signal S/N. However, as will be shown in the
section on a.c.noise, the amount of demodulated a.c.
noise for recorded wavelengths of the order of magni-
tude of the surface roughness can be considerable.



8. D.C. Noise

Direct current noise is the transduced noise of a
tape which is d.c.-magnetized to a given level. Experi-
mentally, it is found that the tape noise rises sharply
with the level of tape magnetization, reaching levels of
20 to 30 db (over the zero-signal noise) in the region of
tape saturation. This increase in noise is not explain-
able in terms of the simple theory of non-interacting
particles. Consideration of a d.c. magnetized collection
of non-interacting particles will show that, on the con-
trary, the variance and thus the noise, should decrease.
In fact for completely oriented particles, the noise
should decrease to zero for complete magnetization.
Thus, the effect of the interactions cannot be omitted
in attempting to understand the magnitude of the in-
creased noise accompanying magnetization in the tape.

That particle interactions cause the d.c. noise to
be much larger than the zero-signal noise can be easily
seen from the following argument. For zero magnetiza-
tion, with or without particle interactions, the net mag-
netization is zero over any statistically large group of
particles. In any such group there is a variance, which
is the noise. If there is particle interaction, there is a
correlation among the particles, especially among those
closest to each other. The particles tend to orient such
that their moments are in a direction opposite to the
most strongly interacting particles, thus effectively de-
creasing the total number of magnetic sources or the
average moment. For particles flipped by a d.c. field,
the interaction field still tends to correlate them. How-
ever, instead of tending to line up at the axis around
which they are disposed,any group of particles will tend
to diverge from the axis, which will result in effectively
less correlation among the particles and a considerable
increase in the effective moments or number of magnetic
sources. Therefore, clumping, which is a result of
strong particle interaction (unless the clumps are larger
than the statistical region) will cause the no-signal noise
to decrease.

The exact analysis therefore involves particle
interaction theory, a complicated subject that is not
treated here. However, it is interesting (both in itself
and as the basis for an analysis using particle inter-
action theory) to determine the d.c. S/N for the non-
interaction theory. The prime concern here is to relate
the magnetization to the number of flipped particles and

thus to the d.c. noise. The total noise, which arises
from both the unflipped particles (the source of the now
decreasing zero-signal noise) and the flipped particles
(the source of the d.c. noise) will increase. Another
way of describing the same phenomena is to state that
in the zero-signal case, the particles tend to line up in
such a way as to limit the fluxpaths largely to them-
selves s whereas if there is any magnetization on the
tape, the flux must, to some extent, leave the tape. It
is seen, therefore, that d.c. noise is much larger than
no-signal noise because the d.c. magnetization on the
tape causes interacting particles, which form into ef-
fectively non-magnetic groups, to become effectively
less interactive and thus to act as magnetic sources
giving rise to both signal and noise. In no-signal noise,
then, only a portion of the particles contribute to the
noise. If the particles were sufficiently separated so
that there would be little interaction, then the noise
would increase to the maximum d.c. noise. Minimum
no-signal noise is obtained, then, for maximum particle
interaction, i.e. where the particles tend to form into
rings. This, of course, would also tend to considerably
increase the coercive force.

Thus:
2 2 2
N = (1-C)N +CN
T d.c

where 2C is the fraction of all the particles that have
flipped. For non-interacting particles, there is no dis-
tinction between the variances, and therefore no distinc-
tion between the noises of the flipped and unflipped par-
ticles. For interacting particles, of course, the noise
is signal-dependent.

If a field is applied to the tape particles in a given
direction, H_, it will, upon reaching some given value,
cause flipping of the particles in a cone radians
from Hxl. As the field is increased, the width of the

cone will increase symmetrically around the —TF di-

rection, approaching both the 0 and the 77" direction. If
n is the particle density, then the density of randomly
oriented particles having direction in a cone of angle
de is:
nsin@d®o

as seen in Figure 7

The magnetization component, in the direction H_,
of particles in a cone of angular width 97 -2 90 is then:

77'/2-00

mcos 8sin8de ... (67a)

and



mn 2 . 2
M - > [cos Go-sm 90]

The density of the particles in the cone is

‘!f/z-oo

n1=n sinOdO:n[cosO—sinOo]
0o
........ (68)
Therefore:
1 MR Ve
m
= -=| — . . . (69a)
M = _\/2 n 1 2( = (692a)
or
1/2 1/2
cnf1of1-(2M)® 69b
n1 =n - aml | e (69b)
For saturation, n1 = n; then M, = n2m , as it should.

Therefore, the ratio of d.c. noise to d. c. saturated
noise is

5 [

(]

1/2 1/2

Equation (70) is shown in Figure 6.
It is important to note that the magnetization is not pro-
portional to the number of particles dc-magnetized, but
that M increases with n 1 more slowly than linearly.

Therefore, if the ratio of d.c. to noise level is taken,
we have

. o _ .2 ) 1/2 1/2
S ( B X xv]
—3 =n wt 5 1-11- ™
N 8 Gx (o]
....... (71a)
For M < <M,
= = a2
_Si - nhwt (6’ xle S 71b
N2 N 2] M, e (71b)
g G
x
or =
G
S . ]6 X X
5 =V2 nwt 72—-2) ........ (71c)
N g Gx
2
Or, from Equation (19a), if(%) is the no-signal ratio,
N
then ©
s (i 1 ( s’ ) 1
N IN%] 2V 2 M ] V2 mn
....... (71d)
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For non-oriented, single-axis particle tapes,
Equation (59¢) states:

<) o [nw? |

N2 J \lg (1+_t(§)}

Then

s . 37 | nwt? ): 37 wi®
N 16\2 M, 1g(1+§)/ 8V2z m lg(1+%)

Thus, N is proportional to V8§ .

If the orientation is not random, then the density
of the d.c. magnetized particles must be multiplied by
the given density function, P (8). Therefore, generally,
for non-interacting acicular particles, we have:

772 - o,
S =n m cos @sin6P@de...... (72a)
T3 -
/2 9,
o .
n oznm sin@P@) de . (72b)
%

The spectrum of d.c. noise for non-interacting
particles, of course, will be the same as for the no-

signal noise.
9. A.C. Noise

A.C. noise is simply a variable d.c. noise. Thus,
for a perfectly homogeneous tape, its origin is the same
as the origin of no-signal and d.c. noise. Here, how-
ever, as the signal level oscillates, the number of flip-
ped particles, and thus the instantaneous noise level ,
also oscillates. The noise level, therefore, varies with
the signal level. In order to determine the a.c. noise,
it is necessary to go back to our original equations.
Since n, now varies with x, it cannot be taken out of the

integral defined by G. Therefore:

2 2/1 [
N =wtm W)J nl(x)
v

and:
N2 2 t 2l 252
=nm w 1-11- M coskox

v o

P = 2 —
[ﬁx HXZ (x,2) + 52 sz (x,z)] dv (73b)



For a zero-gap head:

d+t
T2
N2:nm2wt g (l@) zzdz
b d X t
d
1/2
o2 M 2 2 1/2
1-|{1-{———]| cos k x dx
Mo o
2
- (x2 * ZZ) (74a)
d+t
2 2 » 2 16
N," =nm"wt Bz (.._t_) dz
d
1/2
”211l2 2kx1/2 d
X - | M cos” k X
o
oo o2 + z2) 2
D i d A a (74b)
For small magnetization (%— < <1) we have:
o
d+t
N_ dnm wt 6 ‘\/2 ( ) 22 dz
()
|cos k x|
———2 ......... (75a)
o (x +z2)
d+t
N 2, n m2 wt ﬁ V2 ( ) d
z = e
o d
x2 ‘cos k x |
—— A% ... (75b)
(x + 2z

The integrals and their Fourier transforms in these
expressions for noise probably cannot be evaluated in a
closed form. Therefore, we consider a.c. bias pro-
duced not by a magnetization M cos k X but rather by
M cos? kX, giving us the easily integrable noise com-

ponents:
o0

d+t 2
cos kox

56

d+t oo
2 2
x“ cos” k x
NZZ=KZJ dzf 5 ° _ dx
d o (X +Zz)
...... (76b)
where
= nm2 327 [16) M
Kx_nmwt @x\Z (T)T

There will be two differences in the noise spectra
for the two cases: (1) For the signal M cos k x, thﬁ
noise will be modulated largely by a wavenumber _9;

while for the signal M cos? k oXr the modulation will be
by the wavenumber Kk, (2) For the signal M cos k oX»
there will be modulation by larger wavenumbers; while
for the signal M cos” kx, the modulating wavenumber
will be only k,. These differences can be seeéx clearly
by drawing the curves for {cos k x| and cos kox-
Thus, it is possible to approximate the a.c. noise for a
signal M, cos kx by evaluating the noise for a signal

Mcos® k x. Then:
cos? (%] cos (2 kX
o 1 oX) dx
S e &=\ | g &Y 552
(x“ + 2% (x +ZZ) (x +zz)
o 0 o
T [ -2koz ]
= +e (1+2k.2z) -1
8 z3 o?)
........ (77a)
Also:
o0 \
2
x% cos? (kox) x2 cos 2k x)
dx
(x +z2) (x +z2)
o o
'2 7 -2k z
e e =—SL’z—e 0(1-2k0z)+1
x" +27)"
o
....... (77b)
Thus, d+t

and
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