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[571] ABSTRACT

Muttidirectional sound signals are optimally matrixed
to increase the psychoacoustic directional fidelity as
compared with prior systems. Four (or more) azi-
muthally spaced loudspeakers are fed from two trans-
mission channels with very satisfactory directional
sensing accuracy and full compatibility with conven-
tional single-channel and two-channel reproduction
equipment. Further auxiliary transmission channels
may be added to produce a form of discrete-channel
capability having even greater azimuthal fidelity than
obtained in speaker-identified channels, while at the
same time maintaining compatibility both with con-
ventional reproducing equipment and with equipment
for the basic two-channel transmission of the inven-
tion. The auxiliary channels may be transmitted in a
relatively narrow frequency range, thus reducing the
total bandwidth requirement for recording or broad-
casting as compared with full conventional discrete

channels.
37 Claims, 13 Drawing Figures
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SIGNAL MATRIXING FOR DIRECTIONAL
REPRODUCTION OF SOUND

This application is a continuation-in-part of my co-
pending application filed Oct. 6, 1971, Ser. No.
187,065, now issued as U.S. Pat. No. 3,856,992.

This invention relates to reproduction of multi-
directional audio program material with greater direc-
tionality and ambience than those of conventional ste-
reo reproduction, and to the recording and/or transmis-
sion of program material for such reproduction. More
particularly, the invention relates to the coding or mix-
ing of directional sound information into a number of
recording or transmission channels smaller (at least
normally) than the number of sound sources to be re-
produced and decoding or signal treatment and distri-
bution of the content of these channels to reproducers
differing in number or location from the sound-source
locations for reproduction simulating presence at the
original performance in psychoacoustic impression.

Although the invention in its broader aspects is not
limited to any specific number of sound sources (typi-
fied by microphones) or reproducers (typically loud-
speakers), it will most readily be understood by initial
reference to the type of reproduction which has be-
come popularly known as “quadrasonic™ or “quad”, an
extension of two-speaker stereo techniques to the re-
production of multidirectional program material with
four loudspeakers to increase the sensory illusion of
presence or ambience. The term “quadrasonic” origi-
nated to describe systems wherein exciting or presenta-
tion signals for individual reproducers are maintained
in separate and discrete form as separate signal chan-
nels, as in four-speaker reproduction from four-track
tape. However the term is now commonly used, and is
used herein, to include what have sometimes been
called “pseudo” four-channel systems, wherein four
(or more) original directional sound-source channels
are mixed or combined by encoding into two signal
channels, and thereafter decoded to produce four pre-
sentation signals for feeding the speakers. It is impossi-
ble, in such a manner, to produce exact or pure corre-
spondence between the excitation of each loudspeaker
and the output of a correspondingly-located micro-
phone. But it has been known for some time that results
which are psychoacoustically reasonably simulative of

transmission through four discrete channels can be ob-

tained by such ““4 to 2 to 4™ signal processing or matrix-
ing. (There also exist systems wherein no directional
information whatever is added to conventional stereo
signals, the latter being processes, with preselected de-
lay, etc., to feed one or more back speakers in addition
to the conventional front speakers, thus producing
wholly synthetic psychoacoustic impressions of added
directional effects, but the present invention is not di-
rectly concerned with these.)

A present requirement for widespread adoption of
any quadrasonic system is that of compatibility with
continued use of existing reproducing equipment, mon-
aural and stereo. Stated otherwise, it is generally recog-
nized that recordings made for quadrasonic reproduc-
tion are desirably capable of satisfactory reproduction
by monaural record-players and conventional stereo
record-players, and quadrasonic FM transmissions
(whether live or from recordings) must similarly be re-
produced as monaural or stereo material by existing re-

ceivers.

25

30

35

45

55

65

2

A number of encoding and decoding systems com-
patible with mono and stereo equipment have been
proposed, and some have been the subject of experi-
mentation and preliminary forms of commercialization.
One typical publication on the subject is the paper of
Peter Scheiber in Journal of the Audio Engineering Soci-
ety, Volume 19, page 267 (April, 1971) describing
such a system. A number of other systems have been
devised by or for various producers of phonograph re-
cords, signal-processing equipment, etc.. All of these
are found on analysis to have various drawbacks or ob-
jections. The relative importance of the weaknesses or
inadequacies of each of such known systems is differ-
ently estimated by their proponents, but none of the
4-2-4 systems heretofore proposed has been suffi-
ciently close to the performance of discrete four-
channel reproduction to result in adoption as a stan-
dard system of encoding and decoding for use in stereo
disc recordings and stereo FM broadcasting equip-
ment.

Another type of approach to the problem which has
recently been suggested involves the use of audio-
modulated supersonic carrier techniques whereby two
additional transmission channels are added to conven-
tional stereo signals, i.e., 4-4-4 systems of varying de-
grees of compatibility with monaural and stereo repro-
duction.

The present invention flows from study of the weak-
nesses or inadequacies of the systems heretofore pro-
posed, and lies in the devising of novel methods and ap-
paratus of encoding and decoding multiple-source and
multiple-reproducer signals which not only involve, in
a 4-2-4 system, a minimum of sacrifice of the perfor-
mance obtained with the respective reproducer signals
maintained in separate channels throughout, but addi-
tionally provide much greater flexibility than previous
such systems afford, as well as providing considerable
further advantage in supplemental extension to two fur-
ther transmission channels where these are available, as
later discussed.

Full details of the fairly numerous two-channel ma-
trixing systems recently proposed or introduced by the
record and equipment manufacturers mentioned above
are not in all cases publicly available, but the general
nature of their imperfections in performance are ob-
servable. In any 4-2-4 systems, including the present
system, a sound which emanates from a single point
(notably a point located to activate only a single micro-
phone) is ultimately reproduced not from a single loud-
speaker, but from a plurality of differently located
loudspeakers, excited from the same original source
but with an excitation amplitude relation such that
from a psychoacoustic standpoint reproduction from a
single direction is satisfactorily simulated. However, in
the otherwise-best of the 4-2-4 systems heretofore de-
vised, the satisfactoriness of this illusion of directional-
ity is not uniform for all directions. The nature of the
anomalies or directional ambiguities in signals intended
to appear to the listener to come from particular direc-
tions in the prior art systems is not wholly identical in
each case, nor are the sound directions from which the
prior art matrixing systems produce such anomalous
results the same. Typical examples, however, are op-
posite-phase reproduction from rear speakers and simi-
lar anomalies which result in more faithful reproduc-
tion of front-oriented sounds than rear-oriented
sounds. In some cases, the anomalies are more or less
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negligible in psychoacoustic impression with most pro-
gram materials, but become highly noticeable with ma-
terials with “sound effects™ specifically designed for
quadrasonic reproduction, wherein rear sounds are not
merely supplementary.

It is a principal object of the present invention to pro-
vide a two-channel transmission system for quadra-
sonic or similar reproducing systems which avoids such
flaws or imperfections of previous systems, and thus
more closely approaches the psychoacoustic simulation
of systems employing completely separate and discrete
transmission channels for the excitation of each repro-
ducer. In addition to achieving this principal object,
however, the invention provides methods and appara-
tus whereby it is unnecessary to maintain, for satisfac-
tory performance, a single predetermined set of posi-
tions of the loudspeakers with respect to the listener to
produce satisfactory reproduction. The systems of the
prior art (including transmission in four discrete chan-
nels) require a single specific orientation of the loud-
speakers with respect to the listener. In most cases, a
pair of back speakers is added to the front speakers of
a conventional stereo system to form a ‘2 plus 2 ™" ar-
ray. In at least one case, however, the speakers are to
be arranged in the form of a diamond or “*1-2-17, i.e,,
at opposite sides of the listener and at the center front
and back. With all these prior art systems, the required
speaker orientation is specified in connection with the
directions represented by the four discrete transmission
channels or with the coding used in the two-channel
transmission or recording, and no manner is provided,
so far as is known, for using different speaker orienta-
tions, or a different number of speakers, while retaining
satisfactory reproduction.

Unlike the encoding and decoding systems of the
prior art, the encoding and decoding of the present in-
vention is capable of producing the same reproduction
characteristics for all directions, and may be described
as “directionally symmetrical”. The meaning of this
term as herein used may be most easily understood by
considering the simple example of the reproduction of
a sound whose source is successively moved to actuate
each of four orthogonally located microphones in suc-
cession. In a system with directional symmetry, a lis-
tener who turns through corresponding successive 90°
angles hears the sound source in wholly identical fash-
ion as it is correspondingly moved through the four po-
sitions. This property is inherent in a quadrasonic sys-
tem with a separate signal channel for transmission of
each microphone output but is not obtainable with
prior art 4-2-4 matrix systems. As indicated above, this
is particularly important in permitting use of new types
of program material wherein there is to be conveyed a
realistic impression of an independent sound source (a
voice or chorus for example) at a localized location
rearward of the listener.

In addition to eliminating this limitation on utility,
the directional symmetry of the matrixing, as a further
aspect of the invention, permits simple signal-
conversion whereby the geometry of a loudspeaker sys-
tem may be “rotated” with respect to.the loudspeaker
geometry assumed in the signal-production to permit
wholly satisfactory reproduction of (for example) a re-
cording or FM transmission designed for 2-plus-2
speaker orientation by a reproducing system with
speakers arranged in the 1-2-1 form of a diamond, or
vice versa. Indeed, the invention provides methods and
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4

apparatus whereby the number and arrangement of
speakers to be used in reproduction is essentially uni-
dentified in the signal transmission, which is “univer-
sal”” and may be decoded into presentation signals for
feceding any desired number and orientation of speak-
ers. The two encoded transmission channels may be de-
coded to produce, for example, six spcaker-feed sig-
nals, with the speakers disposed in the form of a hexa-
gon, the resultant listener sensation approximating that
obtained with discrete six-channel transmission.

Although such advantages are obtained by mere sub-
stitution of the two-channel matrix of the invention for
the various 4-2-4 systems heretofore known, the inven-
tion has even more unique properties in its extension to
transmission in larger numbers of channels, such-as
four. )

The two-channel matrixing system hereinafter to be
described produces loudspeaker presentation. signals
which may be shown to contain the maximum possible
azimuthal localization information which can be con-
veyed with a two-transmission-channel matrix which is
directionally symmetrical.  Such a system cannot be
made *“discrete”, i.e., a sound portrayed as emanating
from the azimuthal direction coinciding with that of a
speaker is always necessarily also presented by the two
adjacent speakers, although in such reduced amplitude
and in such phase relation that the psychoacoustic
sound localization is satisfactory. This pattern of pre-
sentation can be sharpened, i.e., the fractional ratio of
the undesired-direction presentations to the center or
desired-direction presentation can be reduced, only by
addition of one or more further transmission channels
adding to the directional acutance. Where two further
transmission channels are added to the. basic system,
with a quadrasonic speaker array, wholly discrete re-
production may be obtained, i.e., a sound which could
be reproduced in only a single speaker by using an ordi-
nary four-track tape recording can also be reproduced
by the present system from a single speaker, with the
others silent. For any program materials (rarely en-
countered) which consist primarily of sounds to be re-
produced as emanating directly from the four cardinol
loudspeaker positions, the performance is accordingly
psychoacoustically indistinguishable from that pro-
duced in a four-channel system wherein the speaker
signals are maintained wholly separated  throughout.
However, unlike the latter type of four-channel dis-
crete system, the discrete matrix of the present inven-
tion is readily made wholly compatible with any type of
conventional monaural or stereophonic reproduction.
Moreover, the four-channel system of the invention is
found to produce substantially better psychoacoustic
localization of “phantom’” azimuthal locations, i.e., di-
rectional sound images which do not correspond to any
actual. speaker location, than conventional four-track
presentation. The discrete or sole operation of a
speaker located directly at the “*source™ azimuth is ob-
tained in the present four-channel matrixing system by
nulls which appear at 90°, 180° and 270°, in the overall
pattern of reproduction of a signal to be sensed as being
at any given speaker location. In addition to the al-
ready-mentioned advantages over conventional dis-
crete transmission in the same number of channels, the
present system offers the further advantage that the
two supplemental channels may be transmitted with a
very restricted frequency range without impairment.of
the improvement in directional localization which they
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give. Thus bandwidth requirements are substantially
reduced for transmission in media which would other-
wise require transmission of the entire audio range in
each transmission channel.

Both the basic two-channel matrixing system of the
invention and the above described addition thercto of
further channels for increase of the acutance of direc-
tional reproduction will best be understood by refer-
ence to the explanatory illuatrations and embodiments
of the attached drawings, in which:

FIG. 1 is a schematic illustration of one type of quad-
rasonic sould reproduction system; .

FI1G. 2 is a similar illustration of a variant type of
quadrasenic sound reproduction system;

FIG. 3 is a similar illustration, but differing from the
previous FIGS. in the employment of non-
corresponding source-signal and reproduction loca-
tions;

FIG. 4 is a schematic view illustrating certain angular
relations employed in the invention;

F1G. § shows phasor diagrgms of transmission signals
formed in accordance with the invention;

FIG. 6 is a block diagram of an exemplary single-
signal encoder embodying the invention;

FIG. 7 is a block diagram of a universal encoder for
numerous sound signals embodying the invention;

FIG. 8 is a block diagram of onc form of dccoder in-
corporating the invention;

FIG. 9 is a block diagram of another form of decoder
of the invention;

FIG. 10 is a block diagram of an adapter circuit for
cmploying the decoder of FIG. 9 with conventional ste-
reo signals;

FIG. 11 is a block diagram of an overall 4-4-4 mixing
and transmission system according to the invention;

FIG. 12 is a matrix-cquation representation of the en-
coding, decoding and presentation of the system of
FIG. 11; and

FIG. 13 is a polar diagram showing the amplitude and
phasc of reproduction of a dircctional sound signal as
a function of the azimuthal angle between cach dircc-
tion of reproduction and the direction whence it is
sensed to originate by a listener, for the basic two-
channel transmission system and for the four-channel
transmission systcem, with a dotted showii\g of charac-
teristics later described.

In FIGS. 1 through 3 there are shown basic forms of

quadrasonic sound system which may"hdvantageously
. employ the invention. FIGS. 1 and 2 show systems
which are, cxcept for the matrices for encoding and de-
coding transmission signals, the same as certain systems
of the prior art. These exemplary systems arc illustrated
and described to facilitate understanding of the advan-
tages and broad utility of the encoding and decoding
(alternatively called matrixing and re-matrixing) of the
prescnt invention to be later described.

The systems of FIGS. 1 and 2 are alternate forms of
quadrasonic systems heretofore employed with various
matrixing systems. In each case, there is shown an array
or pattern of orthogonal microphones 20 or 20a at a
progrum location with a corresponding orthogonal
array or pattern of loudspcakers 22 or 22a in the listen-
ing space surrounding a listencr 23. In the system of
FIG. 2, thc microphones 20u¢ are arranged to receive
sounds from, and the speakers 22a are arranged to re-
produce sounds from, locations at the left front (LF),
right front (RF), right back (RB). and left back (LB)
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portions of the program and listening spaces, respec-
tively, while in FIG. 1 the locations 20 and 22 are at
front (F), right (R), back (B) and left (L).

Encoders or matrixers 24 and 24a produce two trans-
mission signals at 26 or 26a which are then decoded or
rematrixed at 28 or 28a to produce presentation signals
for driving the speakers at the corresponding locations.

Although the representations of speaker locations at
LR, LF,1Band RBinFIG. 2and atL, F,R and B in
F1G. 1 are more or less truly representative of locations
actually used in practice in what are called 2-plus-2 and
1.2-1 quadrasonic orientations, the corresponding
showings of the microphones will be recognized by
those skilled in the art as considerably simplified show-
ings of actual microphone placements normally used
for quadrasonic reproduction, particularly in making
recordings. Although simple systems such as illus-
trated, i.e., four directional (cardioid-pattern) micro-
phones, can be and are sometimes used, for example at
a normal listener location in a concert hall, it is more
common to-employ more complex microphone ar-
rangements and to blend the outputs of various micro-
phones for effects judged most pleasing; indeed, as in
the case of ordinary stereo recording-studio and broad-
cast-studio techniques, the multi-directional signals
may be synthesized or assembled from a much larger
number of sound tracks of individual instruments or
groups of instruments. It will accordingly be under-
stood, both in connection with the drawing and in con-
nection with further discussion herein, that an audio
signal representative of the sound from a particular di-
rection may be wholly synthetic as regards directional
information. As later seen, the present invention addi-
tionally provides simple means for such synthests.

As will also be understood by thosc skilled in the art,
the illustrations of FIGS. 1 and 2 represent signal-
formation and processing opcerations which may be car-
ricd out in a manner producing instantaneous repro-
duction of live program material but more normally in-
volve some form of storage, i.e., recording, of the sig-

. nals at onc or more points in the sequence. Typically,
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the two transmission signals are the “left” and “right™ .
groovewalls of an ordinary stereo disc recording or the
corresponding audio channels of a sterco broadcast; it
is of course the twochannel limits presently imposed by
these media which creates the greatest necessity for en-
coding and decoding, rather than direct transmission in
discrete channels.

The matrixing or coding of the present invention is
advantagcously employed in even a simple fixed-
position system such as that of FIG. 1 or FIG. 2 because
of the directional symmetry which the invention af-
fords. However, a further advantage of the present ma-
trixing mecthod and apparatus is its breadth of utility.
The present matrixing is not only readily adapted to use
in the systems of both FIGS. 1 and 2, but permits de-
coding for highly satisfactory use of loudspeaker geom-
etries or orientations which are not in any way
“matched™ to the source-signal gcometry or orienta-
tion. One example of such an overall system is shown
in FIG. 3, where outputs of the microphone system (or
synthesized directional signals represcntative of sound
sources) 20a and encoder 24a of FIG. 2 are reproduced
by the decoder 28 and loudspeakers 22 of FIG. 2. As
will be seen below, the present matrixing or coding and
decoding system not only gives excellent reproduction
from all angles with such rotated geometries but per-
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mits employment of even more diverse source-signal
and reproduction geometries, such as the employment
of any number of loudspeakers desired by the listener.

F1G. 4 illustrates, for identification, certain angular
relations employed in the matrixing and re-matrixing or
coding and decoding of thc invention. In the present
invention, the magnitude and phasc with which cach
source signal appears in each presentation signal is de-
termined wholly and solely by the angular rclation be-
tween the direction or  location represented by the
source signal and the direction or location of the loud-
speaker to which the presentation signal isto be fed.
Where the overall reproduction matrix (the product of

5

10

the encoding and decoding matrices) is such that the .

magnitude and phasc of each source signal (relative to
its original magnitude and phase) in each presentation
signal is everywhere a function of only this angular rela-
tion, complete directional symmetry is achieved in any
system like that of FIGS. 1 to 3. The angle betwecen any
given source (actual or synthesized microphone place-
ment) and loudspeaker location may be designated as
. shown in FIG. 4. it will be seen that all values of a
are the same in FIG. 1 and FIG. 2, and identical overall
matrices for both of these are-accordingly produced by
the invention, as later seen. However, the encoding ma-
trices at 24 and 24a in the respective Figures are not
numecrically the same but are desirable. sclected in a
manner preserving stereo compatibility, i.e., capability
of stereo reproduction on equipment having no de-
codcr. This is done, as hereinafter amplified, by deter-
mining the encoding matrix coefficients at 24 or 24« in
accordance with an angle 0 defining the bearing angle
of cach source with respect to a laterally neutral (frong
or back) direction and determining the matrix coeffici-
cnts of the decoder 28 or 284 in accordance with the
bearing angle ¢ of each loudspecaker with respect to a
laterally neutral position in forming the presentation
angle @ of each loudspcaker with respect to a laterally
neutral position in forming the presentation signals. As
shown in FIG. 4, and as presently adopted in descrip-
tion of the invention, the laterally neutral reference po-
sition is considered the front position and angles are
measured clockwise; but rcferences hercin to left,
right."and similar terminology will be understood to be
used for convenience of expression rather than specific
limitation, the effects of reversals, etc., being obvious.

As will be obvious, no matrixing and re-matrixing can
produce an overall matrix which is “pérfect” in the
same scnse as perfection can be obtained where there
is no necessity of compressing the number of signal
channels for transmission. However the requirements
of a perfect overall matrix are more closely met than
heretofore known by employing matrices of the present
invention.

A universal encoding matrix for forming two trans-
mission signals T, and Tp from any numbecr, n, of
sources is:

Ti=F Sul+e JBet iy T Sl —sin 8+ cos )
L= Lo

M
Tu=3 Sul—e it "’2')=‘zl S4(1 +sin 6, —j cos 6;)

L | =

where Sy is the k-th source signal, 8, is the bearing
angle between the sound location thereby represented
and a laterally central reference location and j is the
square root of —1.
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It will of course be understood that the equality sym-
bol hereinafter refers to proportionality, uniform
changes in absolute magnitude in signal-processing
being irrelevant.

The phasor cocfficients of thc respective transmis-
sion signals T, and T, arc shown in FIG. § for the par-
ticular source positions previously discussed. Signals
from (i.c., to appear to be “from™ upon reproduction)
the left, L, are reproduced in full amplitude and origi-
nal phase in the T, signal, but are zero in the Ty, signal,
and vice versa. The signals from other bearing angles
appear in both transmission signals but always in quad-
rature phase relation, one leading and one lagging the
reference phase, which is preserved in the L and R sig-
nals. The magnitude of cach component is diminished
with increase of its rclative phase angle (positive or
negative ), reaching zcro at each 90° phase angle (180°
difference in source location). The mixing equations
below, calculated from the universal matrix above, may
be employed for utilizing the invention with fixed four-
microphone placements, with or without the addition
of other signals such as the “on-mic™ touch-up signals
frequently added for soloists and other special effects.
For the 1-2-1 source orientation, numerical values of
the mixing equations are:

TL = S,‘ -+ 0.707 SF

/445° + 0.707 S /—45°
Tp =Sy + 0.707 S :

/—45°0.707 S /+H45°.

For the 2-plus-2 source orientation, numerical values
of the mixing equations arc:

T, =0924 S, /422%° +0.383 S, A6T%° +
0.383 Spp  A67%° 40924 S, A-22%°

Ty =0.383 S  /67%° 40.924 S,r /—22%°
+0.924 Spp  /422%° + 0.383 S,  /H6TRC

Fixed circuits for producing the desired mixing for
one or both of these fixed microphone placements may
be constructed if so desired, with or without employ-
ment -of microphone directional patterns. Additional
insertion of signal material may then be made to simu-
late performance at any location by employment of ad-
ditonal mixcrs such as shown in the schematic diagram

- of F1G. 6.
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As shown in FIG. 6, the input signal § is fed to a 90°
phase splitter 30 which produces a positive and a nega-
tive reference-phase signal and a positive and a nega-
tive 90° phase-shifted signal. The reference signal and
the phase-shifted signals are attenuated (and reversed
in polarity were appropriate) in sine and cosine poten-
tiometers 32 and 34 sect to the bearing angle at which
the signal S is to be simulatively inserted. The positive
reference signal ‘and the potentiometer outputs arc
mixed in_ summecrs 36 and 38, the outputs of which are
then inserted as components of the signals T, and Tg,
respectively, in accordance with-the basic encoding
equations earlier stated.

In principle, a mixer such as shown in FIG. 6 may be
employed for each sound-source direction. However
where a substantial number of microphones or sound-
tracks are desired to be recorded or broadcast in
readily selectable angular positions, the number of
phase shifters requircd may be greatly reduced by em-
ploying a construction such as shown in FIG. 7. As
there shown, each of the signals S,, Sy, etc. isfed to a
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polarity splitter (phase inverter) 40. The positive or in-
phase and negative or opposite-phase signal are fed to
a sine-cosine potentiometer producing positive and
negative signals of amplitude and polarity determined
by the angle of potentiometer setting. The unattenu-
ated positive signals and the negative sine signals
(which arc of course in positive phase for angles having
negative sine values) from all sources are mixed in a
summer 44. The positive cosine-amplitude signals
(ncgative in phasc for angles having negative cosine
values) arc mixed in a summer 46. The output of the
latter is advanced in phase by 90° at 48 with respect to
the output of the summer 44 and the two are mixed or
summed at 50 to form the signal T,. (As will be recog-
nized by those skilled in the art, the output of the sum-
mer 44 must be fed to the summer 50 through a refer-
ence-phase portion 52 of the phase shifter 48, the
phasc-shift of presently available frequency-
independent phase-shifters being the difference in
phase betwecn the phase-shifted output and the output
of a refercnce-phase channel such as shown at 52,
rather than the phase difference between output and
input.)

In similar fashion, the positive input signals and the
positive sine-function signals from all sources are
mixed in a summer 54 and the negative cosine function
signals in a summer 56. The latter summed output is ad-
vanced in phase 90° at 58 relative to the reference
phase 60 of the output of summer 54, and these are
likewise summed at 62 to form the transmission signal
T

Persons skilled in the art will immediately recognize
that the functions performed by certain of the elements
shown in FIG. 7 as circuit elements may be carried out
by employment of other techniques which are well-
known as equivalents for performing such functions in
recording and broadcast practice. For example, micro-
phone sensitivity patterns of well-known types may
readily by employed in substitution for the indicated
attenuation potentiometer networks of some or all of
the signals S,, S, etc., in the signal-mixing system of
FIG. 7. Orthogonally positioned dipole microphones
may be employed to produce directly the signals atten-
uated in accordance with the sine and cosine of the azi-
muthal angle of the incident sound sources, with a
closely adjacent signal omnidirectional microphone
employed to produce the unity or unattenuated compo-
nents.

As earlier indicated, the transmission signals T, and
T, may either be recorded on any conventional me-
dium, notably a stereo disc or tape recording, or used
for instantaneous reproduction, as in quadrasionic FM
broadcasting employing the two audio channels pro-
vided for ordinary stereo.

The manner of decording of the signals of FIG. § may
now be considered. The decoding closing resemblies
the encoding, except that the coefficients applied to the
transmission signals in the forming of each presentation
signal for functions of the angle ¢, the listening-space
bearing-angle of the loudspeaker for which each pre-
sentation signal is formed. Each presentation signal P,
is formed from the transmission signals by mixing in the
amplitude and phase relation

Pi=Ti(l +e—j(¢bi+ﬁ/2))+ Tl —p ity =
(2)
T, (1—sin ¢ —j cos @) + Ty (1 +sind +j cos &)

10

where @, is the bearing angle between the presentation
location and a laterally central reference location and

. j is the square root —1. Thus each presentation signal
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is formed by multiplying each transmission signal by
the complex conjugate of the multiplier or cocfficient
used (or which would have been used) in inserting sig-
nal from the bearing angle in forming the transmission
signal, and the resulting respective products are then
added. Each resultant presentation signal P, is thus:

5 (D—6x)

pPy= ‘2’ Si{l+e A—)(’_j((ﬁi_ek)/z
r=1

)= 3 Sicos s (hi—0 @
& 2

The presentation signal P, for a speaker at the left
postiion is thus the signal T, as illustrated in FIG. 5, un-
altered, and T, is likewise presented unaltered in form-
ing a presentation signal for a speaker at R (if there is
one). Presentation signals for other positions are ex-
actly the same in appearance of phasor diagrams, ex-
cept that the locations represented are intermediate be-

‘tween the 180° relation shown in FIG. 5 for the L and

R signals. Except for a source signal diametrically op-
posite the presentation point, all source signals appear
in every presentation signal, but with ‘a magnitude
which varies continuously from maximum to zero as a
function of magnitude of the angle between the signal
source direction and the presentation direction.

For the 1-2-1 speaker orientation, numerical values

of the decoding equation (2) are:
P.=T, Z(_)i
Pr=0.707 T, /=45°+0.707 Tp [445°
Pr=Tp [O°
P,=0.707 T, /+45°+0.707 T, [—45°

For the 2-plus-2 speaker orientation, numerical val-
ues of the decoding equation (2) are:

P,r=0924 T, /22%°+0383T, A67%
Prr=0.383T, /67%°+0924T, /[+22%°
Prs=0.383 T, /AH07%°+0924T, [Z22%°
P =0924 T, MH22%+0383T; [/67%°

It may be noted that the overall transmission or re-
production is not affected by the choice of transmission
signals T, and Tg to correspond to left and right direc-
tions, identical results being obtained with any choise
of diametrically opposed directions for transmission in
original phase and amplitude in the two respective
channels. Associated of the transmission signals with
the left and right directions, however, provides compat-
ibility with ordinary stereo equipment.

Playback equipment permitting sesction of an indi-
vidual speaker location at any desired angle whatever
may be devised along the same lines as the signal-
preparation equipment earlier described. However
such provision is in general superfluous, since practical
speaker placements are not nearly as diverse as micro-
phone placements, in which balance as between front
and back, right and left, etc., is optional rather than a
requirement. The fixed presentation-signal outputs for
the eight positions illustrated suffice to cover the needs
and preferences of users of four-speaker systems, while
interals of 15° are wholly adequate for virtually any
practical use.

There is shown in FIG. 8 one construction for a de-
coder which may be employed with a very wide variety
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of speaker geometries. The respective transmission sig-
nals T, and Ty are fed to 90° phase shifters 70 and 72,
each of which has positive and negative reference-
phase and phase-shifted outputs. These outputs are fed
to a fixed mixing network 74 consisting of voltage-
dividers attcnuating the input signals and distributing
the signals so attanuated to summers producing outputs
in accordance with equation (2). Fixed output termi-
nals 76 are provided for presentation through suitable
amplifiers by loud-speakers at any selected multiple of
15° intervals (or any other intervals for which outputs
are provided). The number and placement of speakers
may thus be selected in accordance with the preference
(including economic limitations) of the user. In gen-
eral, the speakers are normally preferred to be equally
spaced in bearing-angle and equidistant from the listen-
ing position, i.e., disposed in the form of a squarc or
regular polygon. However room shape and acoustics
and personal preferences may result in other arrange-
ments in many cases.

Another form of decoder with selectable fixed-
location output terminals is shown in FIG. 9. The trans-
mission signals T, and T are fed to a sum and differ-
ence circuit 80 to produce a sum signal Ty and a dif-
ference signal Tp . The difference signal is treated in
the same manner as at 70 or 72 of FIG. 8, the separate
phase-shifter channels for the reference phase 82 and
the shifted phase 84 being again shown in FIG. 9. The
respective polarities of the reference and phase-shifted
difference signal Tp are fed to fixed voltage dividers
at 86 and 88 and the attenuated outputs are fed to sum-
mers 90 along with the sum signal Ty from the refer-
ence-phase channel 91 producing output presentation
signals for the pre-selected angles &, &, etc., for which
the taps on the attenuators or dividers 86 and 88 are
designed.

Where the invention is employed in standard stereo -

FM broadcasting, the function of the sum and differ-
ence circuit shown in FIG. 9 at 80 is performed in the
standard stereo matrixing, and the circuit 80 may. be
omitted in decoding. It will be observed that such sum
and difference signals Ty and Ta may be directly
formed from source signals and employed as transmis-
sion signals without formation of signals T, and Ty,
being formed substantially as follows:

Ty = z Sk
=1
n n J (Btm/2)
Ta = % S (jecosbp— sin 6;) = b Swe
k=1 k=1

4)

The transmission signal pair T, and T contains ex-
actly the same information as the transmission signal
pair Ty and Ty , and these signal sets are readily
convertible from one form of the other in either direc-
tion without any alteration-of the available informat-
aion content. Although these two forms of the same sig-
nal information are normally the most useful and sim-
plest in equipment implementation, other transmission
signal pairs identical in overall information content and
ready convertibility to and from these specific forms
may be devised and will be understood to be included
in the expressions above.

If so desired, individual presentation signals may,

12

after formation, be “touched up™ in-accordance with

listener prefercnce. For example a particular listener
. may find the overall cffect more pleasing with further
phasc shifting of one or more of the prescntation sig-
nals after the formation thercof (not shown). As an-
other example, directional effects may be cmphasized
by auxiliary signal treatment of the same type hereto-
fore employed with other coding and decoding systems,
such as varying the amplification of amplifiers feeding
particular loud-speakers to .increasc apparent ‘‘con-
tract”’ or sound-source localization for certain types.of
sounds.

It will be observed that the encoded transmission sig-
nals arc readily useable with existing reproduction
equipment having no provision for decoding of multidi-
rectional signals. The sum of the two transmission sig-
nals is the simple sum of all of the source signals in their
original phase. Thus employment of the transmission
signals in the sum-and-difference mono-compatible
matrixing of stereo FM broadcasting, or reproduction
of an encoded stereo disc recording on a monaural
phonograph, produces perfect monaural reproduction.
The employement of the two encoded channels as the
left and right channels of conventional stereo repro-
duction produces only slightly less apparent left-right
separation than a conventional stereo recording (as in
prior systems for quadrasonic encoding and decoding -
with two-channel transmission). :

If so desired, provision may be made in the decoder
for artificially encoding ordinary stereo signals contain-
ing no directional information, so that such program
material is reproduced in the multidirectional speaker
system in a manner generally resembling the reproduc-
tion of signals wherein the further directional informa-
tion is encoded. Ordinary stereo signals correspond to
source signals at left front, LF, and. right front, RF.
There is shown in FIG. 10 an adapter which may be
substituted for the sum and difference circuit 80 of
FIG. 9, for example by a switch on the decoder, to pro-
duce a listener effect or sensation similar to that of di-
rection-encoded signals having source-signal compo-
nents only from these directions. The ordinary stereo
signals are fed to respective 45° phase splitters 92 and
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94 to produce a sum signal Ty  in reference phase and

a difference signal T, in quadrature phase.

It has previously been mentioned that the selection of
the two transmission signals for direct reproduction at
L and R locations, respectively, is of significance only
for compatibility with conventional stereo equipment
having no decording provision. In its broader aspects,
the invention may be employed in applications wherein
stereo compatibility is unimportant. For example; the
invention may be used for the sole purpose of conserv-
ing tape space, and thus extending playing time, in the
general type of recording now done in four or more dis-
crete tape channels. By compressing. the information
into two recording channels and then expanding in
playback, much greater utilization of tape space is
made. In such use of the invention the reference direc-
tion of the bearing-angles used in encording may be
chosen more or less arbitrarily, and the directions rep-
resented by the two transmission signals are accord-
ingly equally arbitrary, so long as they are selected in
diametric opposition.

The particularized embodiments of the invention
- thus far described are confined to thoses designated for
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usc with the two-channel transmission systems which
are currently standard for stereo broadcasting and disc
recording. However the broader aspects of the inven-
tion are of wider application. The two-channel trans-
mission thus far described is merely a specific applica-
tion of principles which may be advantageously em-
ploycd for reproducing directional audio information
with larger numbers of channels than two. By employe-
ment of the invention, the results obtainable with trans-
mission limited to the two channels used in conven-
tional stereo reproduction are optimized. However, in
further accordancc with the invention, a larger number
of channels may advantageously be employed. A pri-
mary usc for a larger number of channels is to sharpen
the directionality pattern for any given speaker array,
i.e., to reduce the cross-talk which is an unavoidable
consequence of employment of a number of loudspeak-
ers larger than the number of transmission channels.
But the invention in these further aspects has great ad-
vantage even where the number of transmission chan-
nels is equal to or greater than the number of required
presentation signals, not only for the purpose of permit-
ting “‘rotation” of presentation signals, such as in repro-
duction of a four-track tape recording recorded for 2-
plus-2 loudspeaker presentation on loudspeakers ar-
ranged in a 1-2-1 orientation, but for other purposes
later seen.

Understanding of the application of the invention to
numbers of channels greater than two will be facilitated
by first considering certain aspects of the performance
and underlying theory of the two-channel system al-
ready described. It may be seen upon study that the es-
sence of the advantageous novelty stems from the fact
that the sum of all products of the function of 6 applied
to the source signals at bearing angles 6 in formation of
each transmission signal and the function of ¢ applied
to that transmission signal in the formation of each pre-
sentation signal at bearing angle ¢is a single-variable
function of the difference between the angles 6 and ¢
having a maximum absolute value at the diametrically
opposite difference angle, and absolute values at inter-
mediate angles symmetrical with respect to the axis
thus defined. It is this characteristic which imparts the
“rotatability” or ‘“‘universality” of the loudspeaker pat-
terns for which the transmission signals may be de-
coded.

It will be obvious that all functions which satisfy these
criteria are not of wholly equal merit as regards simula-
tion of discrete-channel direct reproduction in psycho-
acoustic effect. All other factors being equal, it is desir-
able that the amplitude or absolute value of the overall
reproduction function have a zero or null at 180° from
the maximum. Likewise, all other factors being equal,
it is desirable that the amplitude pattern decrease as
rapidly as possible from its maximum value, which oc-
curs where 8 equals ¢, i.e., where the difference angle
a is zero. Further, again with all other factors being
equal, it is desirable that phase differences between the
appearances of any given source sound in the various
presentation signals be minimized, i.e., that the overall
reproduction have a minimum of relative phase differ-
ence.

The relative importance of these three factors in pro-
ducing the illusion of presence at the actual perfor-
mance is a psychoacoustic matter which is presently in-
capable of quantitative evaluation. It has been experi-
mentally established that the reproduction produced by
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the two-channel matrixing of the above-described em-
bodiments is more satisfactory than with other matriccs
for the same purpose. The performance may be de-
scribed in terms of the factors of merit above by the fol-
lowing: The pattern demonstrates a complete null at
180°, an amplitude reduction of —3 dB at 90° (and of
course 270° these being a convenient point of refer-
ence for measuring pattern “‘sharpness’’), and no com-
ponent is presented with a phase difference of as great
as 180° from any other, any components which are re-
produced with a difference of phase approaching 90°
from their original relative phase being essentially neg-
ligible in amplitude. The employment of overall func-
tions which are better in one respect, but at the sacri-
fice of another, is accordingly within the broad purview
of the invention, although it can be shown from infor-
mation theory and sampling theory that the reproduc-
tion information given by mixing and re-mixing coeffi-
cients determined as above is as accurate as is possible
with only two transmission channels.

The characteristics or performance factors just de-
scribed can be substantially further improved by apply-
ing the same general principles in the construction of
transmission signals for three or more transmission
channels. Such applications of the principles of the in-
vention may be roughly divided into two categories in
their relation to the two-channel embodiment already
described: (1) systems employing one or more auxiliary
channels or transmission signals in addition to the two
transmission signals already described and (2) systems
which employ three or more transmission signals which
display the same type of mutual symmetry as the T, and
Tk signals of the two-channel system.

Three-channel (and further multiple-channel) sys-
tems of the first type mentioned above may be de-
scribed as “compatible” with the two-channel system.
One current utility of such embodiments of the inven-
tion is in the production of three-track or four-track
tape recordings which may be played back, with suit-
able decoding, with any desired multiple array of
speakers or may, alternatively, be played back as ordi-
nary stereo recordings by equipment which cannot uti-
lize the auxilary recorded channel or channels. Even
greater utility, however, lies in the substantial advan-
tages which the invention possesses in making it practi-
cal to incorporate quadrasonic signals which are effec-
tively wholly discrete in reproduction in media such as
FM broadcasting and disc recording.

The encoding and decoding of each auxiliary channel
is of course such as to maintain the above-described es-
sential characteristics of the overall transmission or
presentation function. In principle, it may be possible
to devise added-channel transmissions which may be
decoded along with the two primary or basic transmis-
sion signals by devising complex decoding for all chan-
nels which departs completely from the two-channel
decoding in producing a desirable overall playback
function in which the difference angle «a is the sole vari-
able. However it is more desirable to preserve the same
manner of decoding of the two basic channels and
merely add to each presentation signal the auxiliary in-
formation contained in the coded and decoded auxil-
iary transmission signals. In order to do this, it is neces-
sary that the encoding and decoding of each of the aux-
iliary transmission signals produce an added compo-
nent for the presentation signal which is itself a func-
tion solely of the difference angle having a maximum
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value at zero difference angle. The simplest and most
desirable mannecr of utilizing additional channcls is to
employ an encoding function of 8 for production of
each auxiliary transmission signal which, when multi-
plied by the conjugate decoding function of ¢ , itsclf
produces a product which is a single-variable function
of the difference angle and which, when added to the
presentation signal function which results from the
two-channel transmission. increases the sharpness of
the amplitude maximum in the pattern. These reguire-
ments for the auxiliary channel are met by the employ-
ment of an appropriate exponential function of 8 en-
coding and its conjugatc function of ¢ in decoding. The
addition of a third transmission signal Tr using a
mixing cocfficient proportional to e ~* 6+ mm

for each signal S and a remixing coefficient propor-
tionaltoe ¢ 8 * ™ @

in forming the added component for each prescntation
signal P produces a product function of the differ-
ence in angles which, when added to the basic two-
channel presentation function, substantially sharpens
the directional effects. The overall presentation signal
is

n
Pi= I 8. [1+2cos(di— 6] 5)

k=]

With this overall playback function, all sound sources
are produced in all speakers in their original relative
phase, and the amplitude for an angle difference at 90°
(or, of course, 270°) is about 10 dB less than the maxi-
mum at 0° .

The auxiliary signal Ty thus formed may be employed
with either the T, and T, transmission signals of equa-
tions (1) or the transmission signals T s and Ty of

(4) above. The overall playback function thus obtained, -

although improving the pattern in the respects just
mentioned, produces a signal component at 180° of the
same magnitude as the signal component at 90°, i.e..
about —10 dB from the maximum at 0°. This “back-
lobe” may be eliminated by a simple alternation. Con-
sidering the Ty and T, form of transmission, if the
Tp and the Ty signals are attenuated-by the square
root of one-half, but without change in Ty , and de-
coding by conjugate functions of ¢ is carried out, resul-
tant overall transmission function is

]
p3
k=1

Pr= Si [cos % (pi— O

This overall reproduction function produces presenta-
tion signals free of phases shifts and with a null at 180°,
the magnitude at 90° being down 6 dB from the maxi-
mum at 0°. The same result is of course obtained with
appropriate partial blending of the T, and Ty signals
previously described, and the same attenuation of Tq.
Where the basic pair of transmission signals is thus
modified, the performance on equipment not capable
of utilizing the third channel is obviously impaired. Ac-
cordingly, the recorded or broadcast sets of transmis-
sion signals will not normally include this alteration.
The modified set of transmission signals is preferably
generated in the decoder from the unmodified signals
as recorded or broadcast.
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The overall transmission or presentation cquation sct
forth above resulting from the modified transmission
signals has a coefficient expression shown in brackets
which may also be written as

1 + cos (p;— 6;)

This will be secn to be of the same form as the cquation
(5) coefficient for the unmodified three transmission
signals, cach overall presentation signal being expressa-
ble as

P = S {1+ 20 cos(d; — Q)

i

6)

| 14

k

where #1 is the square of the attenuation factor used in
forming the modificd Ta and Tr. Appreciable varia-
tion in details of reproduction characteristics is ob-
tained by selection of m. As m is varied in the range
from 0.5 to 1.0, the backlobe carlier mentioned. is re-
introduced, but the “*90° separation’’ is simultaneously
improved as indicated numerically carlier. With »1 hav-
ing an intermediate value of 0.707, the 90° separation
is 7.66 dB and the backlobe level is 28.3 dB below. the
0° maximum. The choice. of the constant m. thus in-
volves a tradcoff of desirable . pattern characteristics
which is incapable of cvaluation as regards psycho-
acoustic effectiveness to the listener, and. the three-
channel decoder is desirably provided with mecans for
adjustment by the user of the factor m above defined
within the range of 0.5 to 1.0. It will be observed -that
where the factor /i is introduced into the transmis-
sion signals at the decoder, and the conjugate functions
thercupon immediately applied for decoding, the latter
also of course including the factor /. the two suc- -
cessive attenuations by the factor,  vm may. be re-
placed by a single attenuation by the factor m, as by
ganged attenuator potentiometers at.the imputs for the
unmodified Ty and Ty signals, whereby the user may
select. a value of m between 0.5 and 1.0..

The same general principle may be employed in fur-
ther adding a fourth channel for still further increasing
the contrast between the amplitude of reproduction of
a source signal from a loudspeaker in a position corre-
sponding to the original position of the source and the

45 amplitude of its reproduction from other loudspeakers,
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i.e., in further sharpening of the overall presentation
signal functions of (5). A fourth chanel addition to the
three channels described above which meets the crite-
ria already described is the transmission signal Tq
formed as follows (with the exponent positive or nega-
tive):

Te=3 Swe = 2ictai2)

k=1

Such a function may be produced by summing the:
outputs of two quadrupole microphones (each with one
dipole pattern opposed in phase to the other dipole pat-
tern) relatively rotated by 45°, with the output of one
quadrupole shifted in phase by 90°. Alternatively (or as
a supplement) mixing circuits obtained by appropriate
modification of those previously described may be em-
ployed. An attenuation factor equal to the square root
of a constant m1 may be applied to the transmission sig-
nals Trand T, in the formation and conjugate-function
decoding of these auxiliary transmission signals. The
overall presentation signals are in this case of the form:
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i g me i Cek) e

Pi= E Si(l+e
Lo
Z (hi—6.)/2 | 3 a)
= Z St Hi— i [cos 3 (i — ty)+ m cos S ((/;;—(!,,-)]
L -

The phase relations of the source-signal components
in cach prescntation signal are the same as in the two-
channel case, except in a rclatively minor respect to be
later mentioned. However, the 90° separation is vastly
improved, as now seen.

The effects of variation of m with the fourth channel
added are in broad terms generally similar to those of
the corresponding variation in the three-channel casc
already discussed. For a value of m of 0.333, the pat-
tern is of the cardioid typpe but the 90° separation from
the maximum at 0° is 9 dB. For a value of m of 0.5, the
null at 180° is preserved but very small backlobes
(—23.9dB) appear in the adjacent regions; the 90° sepa-
ration is 12.6 dB. With a value of m of 1.0, nulls appear

.at both 90° displacements and at 180°, but there are no-
ticeable magnitudes (—11.3 dB) at about 130° in each
direction from the 0° maximum. Unlike the three-
channel case, the manner of inserting the factor m does
not affect the two basic transmission channels, so that
it may be inserted either in the encoding equipment,
the decoding equipment, or a combination of both. The
factors involved in selection of m by the listener are
generally similar to those in the three-channel case, and
the listener may be provided with adjustment of this
factor in the range of 0.33 to 1.0 if so desired. For this
T, and T, are transmitted without the m-factor attenu-
ation, attenuated just prior to the decoding, and there-
upon decoded by employing the conjugate-function
rematrixing already described. However an even more
advantageous utilization of the effects produced by var-
iation of the factor m in (7) above may be made in con-
nection with reducing the frequency-range -require-
ment of the two auxiliary channels, without impairment
of the reproduction.

There is shown in FIG. 11 an overall system of encod-
ing, transmission, and decoding employing the four-
channel matrixing of the invention, with input signal
sources designated S 8,, S 8, etc. and output or pre-
sentation signals designated P ¢, P ¢ 2. €tc., each
input signal and each output signal being identified
with an azimuthal direction. (The azimuthal angles are
in this instance measured counterclockwise from a ref-
erence direction at the right of the listener, thus includ-
ing the 7/2 angle additive appearing in the forms of ex-
pression heretofore used herein for simplicity of dem-
onstration of th actual right-left symmetry inherently
possessed by the matrix.) In formation of the Ty
transmission channel signal, all of the signal sources are
merely additively mixed without phase alteration. To
form the Tp transmission channel signal, each source
signal is phase-shifted to produce, for each of its fre-
quency components, a phase lag with respect to the
corresponding T3 component equal to the source azi-
muthal angle (whether actual or synthetic) and with
unaltered amplitude. The T, auxiliary channel is
formed identically with the Ty channel, except that
the direction of phase-shift is reversed. The T, channel
is formed in the same manner as the Ty or Ty except
that each phase shift angle is doubled. Prior to trans-
mission, the T, and Ty signals are band-pass filtered to
limit their content by limitation to mid-range frequen-
cies, such asfrom 130 Hz to 3kHz. Because the band-
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pass filtering of the auxiliary channels inherently pro-
duces further phase shifts in the passed band, phase
equalizers are employed for the T4 and Ty . channels
to maintain the desired phase relations in the signals
are transmitted. (The term “transmitted™ as used
throughout will of course be understood to include the
various forms of recording or signal-storage employed
for later reproduction, such as phonograph records and
tapes, as well as the instantaneous transmission em-
ployed in such media as FM broadcasting.)

It will be observed that the basic signal pairs T, and
T,or Ty and Tp incorporate each sound-source sig-
nal in a reference phase and an azimuth-identifying
phase differing from the reference phase by a phase-
angle equal to the azimuthal angle of the sound source.
This is most obvious in the case of Ts and Ty ,
where one channel carries only the reference-phase
component and the other carries only. the azimuth-
identifying component. The other form of the transmis-
sion pair carries exactly the same signal information,
however, although linear operations are required to
separate these distinct signal components. The third
channel T, incorporates each signal in a relative phase
equal but opposite to the azimuth-identifying phase and
the fourth signal T, is formed in the same manner as
Tp or Trexcept that the phase differs from the refer-
ence phase by a doubled phase-angle for the corre-
sponding signal source.

The generalized showing of FIG. 11 is of course ap-
plicable to radio broadcasting, recording, or any other

_audio reproduction medium. It is of particular advan-

tage where required transmission bandwidth is a prob-
lem, since the limited frequency range of the auxiliary
channels permits reduced bandwidth requirement as
compared with quadrasonic systems wherein the same
four transmission channels are each used for the pre-
sentation signal at a location assigned to that channel.
The utility of the four encoded chanels in various re-
cording and FM transmission schemes which have
heretofore been proposed for the latter type of trans-
mission is obvious, and it will be understood that the
showing in the drawing of direct feeding of the trans-
mission channels to the decoding portion is highly sche-
matic, the direct connections shown normally repre-
senting production and reproduction of a recording or
FM broadcast employing multiplex provision for the
auxiliary channels. (As will be evident, the channels
Ty and Tp of FIG. 11 will normally be replaced by
T, and T in recording equipment for which this form
is more appropriate.)

In a preferred utilization of the system of FIG. 11 in
FM broadcasting the two basic channels are transmit-
ted as the sum and difference signals of conventional
mono-compatible stero broadcasting. The auxiliary sig-
nals are alternated at a sampling frequency of 9.5 kHz
and multiplexed together as a composite modulation of
the quadrature-phased 38-kHz carrier known in the art
for speaker-identified quadraplex FM transmission, but
heretofore objectionable because of bandwidth re-
quirement. In another preferred embodiment, the four
channels (using T, and T, as the basic stero channels)
are substituted for speaker-identified channels in the
four-channel disc reproducing system described at Vol-
ume 19, page 576, of the Journal of the Audio Engineer-
ing Society.

The processing of each of the four transmission chan-
nels in the decoding equipment (associated with an FM
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recceiver, for example) prior to addition to form cach
presentation signal is conjugate to the trecatment by
which that transmission channel was produced, except
that the angles of phase-shift correspond to the loca-
tions of the loudspeakers, rather than the sound
sources. The Ty signal is again unaltered in phase and
continues to serve as a reference phase, its suitability
for this purpose again being maintained by reference
phase shifts required by the operation of the frequency-
independent phase shifters ecmployed for the other
channels. For a sound-source at the samc azimuth as
the presentation speaker, the altered outputs of the
four transmission channels are all in phase and dircctly
additive. )

As the final step of production of the presentation
signal, each presentation signal is passed through an
amplitude equalizer or band-attenuating filter which is
generally complementary to the band pass filters used
in the auxiliary channel signal formation except for the
attenuation magnitude. In the frequency region wholly
unaffected by the band-pass filters, each equalizer at-
tenuates the signal by 3 dB, and compensation for the
power contribution of the auxiliary channels is similarly
made in the adjoining upper and lower roll-off portions
of the pass band of the filters used in transmission.
Sharpness of the band-pass filter characteristics and
corresponding equalization filter characteristics is not
required, for reasons later to be mentioned.

Numerical values of the encoding matrix, the decod-
ing matrix, and the overall playback matrix (for fre-
quencies of the fully-transmitted mid-range) are shown
in "FIG. 12 for the conditions corresponding to those
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heretofore used in conventional four-track reproduc- -

tion, which identifies each transmission channel with a
specific loudspeaker of the 2 plus 2 speaker array. For
convenience of understanding of aspects related to
compatibility with existing monaural and stero repro-

ducing equipment, as well as illustrating the relation”

between the basic two channels, and the auxiliary chan-
nels, of the invention, the encoding and decoding ma-
trices are shown with the matrix elements separated in
this respect. Likewise, for clarity of understanding, the
overall playback matrix is shown in an unsimplified
form from which most of the terms vanish upon expen-
sion, as will be seen upon study. As shown by the van-
ishing of all other coefficients in the overall playback
matrix, the signal frequencies which are unattenuated
in T; and T4 appear only in a single loudspeaker be-
cause the other three speakers are in each case at the
nulls previously mentioned. Since all presentation sig-
nals of this type are of the reference phase, the repro-
duction of these frequencies is exactly the same as in
the case of direct transmission of each loudspeaker sig-
nal from the corresponding sound source.

The matrix coefficients of FIG. 12 are of course not
directly applicable either to signals of frequencies
which are attenuated in the T; and Ty channels or to
signals encoded for azimuthal directions other than the
four equally-spaced speaker locations shown. As re-
gards the former, frequencies wholly outside the filter
pass-band (and the corresponding equalization attenu-
ation band) are transmitted and reproduced only in the
basic two-channel system. FIG. 13 shows, in polar dia-
gram form, the amplitudes and phase angles of repro-

35

40

45

55

60

. 6
duction for the four-channel and two-channel systems >

as a function of the angle between each speaker loca-
tion and the sound-source location portrayed. In addi-

20

tion, the Figure shows, in dotted form, the amlitude of
reproduction of a typical “transitional” frequency
component, i.e., a frequency component.in the partial-
attenuation (and subsequent relative boost) or roll-off
region, corresponding to one intermediate or. fractional
value of /n. Sharp definition of the band of frequencies
transmitted in Ty and TA - (or T, and T where this
form is-used) is accordingly not required, and simple
forms of filters may be employed without necessity for
sharp cutoff limits.

It will be noted from FIG. 13 that the small backlobes
of the full four-channel pattern are of opposite phase
from the corresponding portion of the two-channel pat-
tern, although the phases of both patterns are the same
in regions of less than 90° difference between sound-
source azimuth and speaker aximuth. However the ear-
lier mentioned limitation to a maximum of 90° of phase
difference in diametrically opposed speakers is seen to
be maintained; and no objectionable psychoacoustic
effects result.

Listening tests show that program-material reproduc-
tion- available with the bandwidth-limited channels of
this aspect of the invention is at least as acceptable psy-
choacoustically as that of a conventional full-
bandwidth discrete four-channe! system. No substantial
loss. of directional information is produced by the fre-
quency limitation in the auxiliary channels, since psy-
choacoustic sensing of azimuthal direction does not in
any event rely on the very low frequencies or on fre-
quencies of wavelength small compared to human head
dimensions. For sound sources emanating (or por-
trayed to emanate) from between-speaker locations,
ability of critical listeners to identify the direction accu-
rately is found to be substantially enhanced as com-
pared with conventional four-channel reproduction,
which normally presents such signals in the same phase,
weighted in amplitude, in two adjacent speakers, to
simulate such a sound. As last to many listeners, the
phase and amplitude contribution of other speakers in
the presentation appears psychoacoustically useful in
permitting more precise identification of location of
synthesized between-speaker sound images than is pos-
sible with the mere adjacent-speaker amplitude-ratios
used in conventional four-channel quadrasonic prac-
tice. Accordingly, it is within the contemplation of the
invention that a system such as that of FIG. 11 may be
used in production of four-track tape-recordings or the
like (for which use, of course, the bandwidth-limiting
and compensating equalization features would be omit-
ted).

As will be evident, the principles of the invention
may be further extended to still higher numbers of
channels while preserving the two basic transmission
signals T, and T, or Ts and Tp for reproduction on
equipment not capable of using the auxiliary channels.

In addition to such addition of auxiliary channels for
the two-channel system first- described herein, which
may be.considered as compatible additions to the basic
two-channel system, the principles of the invention :
may be employed for multiple channels which are all
associated with particular bearing angles in the same
general manner as the signals T, and Tj are identified
with the directions left and right, i.e., the signals may
be played back directly or decoded for other speaker
positions.

Understanding of this aspect of the invention will be



3,906,156

21

promoted by first considering further thcory of the
basic two-channel embodiment carlier described. In
the discussion up to this point, bearing angles ¢ and ¢
for all channels have been considered as measured
from the same reference azimuth. As already described
this produces slightly different encoding functions for
the left and right transmission signals T, and Ty, which
are unaltered in producing presentation signals for
speakers at thesc opposed side locations. If there be
considered an angle 6’ for cach sound source, mea-
sured from the left direction or bearing angle for T, and
from the right dircction or bearing angle for T, the en-
coding function or mixing coefficient function for both
of these transmission signals may be expressed as:

1 +cos@ +,sinf =1+¢70

For reasons shortly apparent, this may advantageously
be now rewritten in the form

Yo+ % cos § + Y2 jsin 6

(It may have already been observed that this fractional
representation has merely been disregarded for sim-
plicity heretofore in instances where its presence would
be required for rigorousness, for example in dropping
a multiple *‘2”" in deriving equation (3) from equations
(1) and (2)).

The above expression for the forming of each trans-
mission signal from source signals, using the direction
to which the transmission signal corresponds as the ref-
erence for the bearing angle of the source, may be
designatd f, ('), where the subscript indicates the en-
coding function for each of two channels.

In similar fashion, the decoding function f, (¢") for
each transmission channel in forming each presenta-
tion signal may be stated as

% + % cos ' —j sin §'

where ¢’ is the bearing angle of the presentation signal
with reference to the direction to which the transmis-
sion signal corresponds. The overall or summed presen-
tation signal function is of course not affected by this
alteration of reference point used in the encoding and
decoding, being the same as the encoding function ex-
cept for the difference-angle argument a.

Similar encoding functions (and conjugate decoding
functions) may be employed for larger numbers of
transmission signals corresponding to equally-spaced
directional angles. For three channels, at 120° inter-
vals, the encoding function is

f: (@)=Y +%cos &

and the decoding function of ¢’ is identical (the func-
tion having no imaginary term). The overall presenta-
tion signal function is again identical with the encoding
function except for the difference-angle argument. It
will be seen that this overall function is exactly the
same as that obtained with the unmodified compatible
three-channel system set forth above at (5). It may be
demonstrated that the compatible and ‘‘equal-spaced™
transmission signals are each linar combinations of the
other, ie., derivable from each other by reversible
methods of linear combination which produce no
change in the information content.

For four channels or transmission signals (primary
transmission signals at each 90°) the encoding function
for each is
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fi(8) =Y+ Y cos ¢’ + Y4 cos 28’ + Y4 j sin 26’

and again the overall reproduction is the same as with
the compatible four channel system (unmodified) car-
ler discussed which is related by linear transformation.
Accordingly, it will be understood, where applicable,
that references herein or in the appended claims to any
particular matrixing equations include linear-
transformation variants thereof.

Such encoding may of course be used in the making
of discrete-signal four-track recordings which can be
played back with any desired speaker array, or the pre-
sentation signals may be recorded for the improved
image-localization of ordinary discrete-channel play-
back equipment discussed above in connection with
FIG. 11, or for other purposes which do not require the
monaural and stero compatibility of the forms of the
invention earlier described.

It may be shown that further extension of this specific
method of encoding and decoding in accordance with
the invention may be made to any number n of chan-
nels representing equallyspaced bearing angles by the
expression, for any odd number of channels,

n—I

2
fo (8= T (Y% +cos 8 +cos 28’ + .... + cos > )

and by the expression, for any even number of chan-
nels,

2
fa (0= n (%% + cos 8" + cos 28’ + ...

2

+ cos g+ " (cos 3 6" + j sin 5 ')

As will be apparent, the larger the number of chan-
nels available, the larger the variety of particular en-
coding and conjugate decoding functions which may be

devised for practicing the basic aspects of the inven-

40 tion, and the embodiments described above are merely
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illustrative of the simplest, particularly with numbers of
transmission channels greater than 2. More complex
functions, employing numerical factors in coefficients
of various components more or less analogous to the
single factor m earlier discussed, may be devised, as
well as the forms of linear combinations.

Persons skilled in the art will accordingly readily de-
vise many further variants of the specific embodiments

of the invention herein selected for illustration and de- . -

scription. For example, interchange of j and —j in any
coding and decoding operations is an exemplary obvi-
ous equivalent and others less obvious will be devised.
The protection to be afforded the invention should thus
extend to all utilizations thereof as defined in the ap-
pended claims, and equivalents thereto.

What is claimed is:

1. A method of producing signals with directional
audio information comprising matrixing source signals
representative of sounds from different bearing angles
6, each measured from a source reference direction, to
form at least three transmission signals, Ty , Tpo and
T, capable of being re-matrixed for production of pre-
sentation signals, each of said transmission signalshav-
ing encoding mixing coefficients substantially corre-
sponding to values of single-variable 360° repetitive
functions of said bearing angles 6, said single-variable
functions being defined as:
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T:=3 S Te=% S
k=1 L=t
Ta= S Sie jtr+m/2 Ti=3 Sie jO+m
k= =1
Te=3 Sie —jt+mi2) 5 Tr=3 Swo=itbe+aid
k=1 k=1
where: S, is the k-th source signal, 6 is the bearing where Sy is the k-th source signal, 8, is the bearing

angle between the sound location thereby represented [q angle between the sound location thereby represented
and said source reference direction and j is the square and said source reference direction and j is the square

root of —1. root of —1.

2. The method of claim 1 wherein said three trans- 11. The recording of claim 10 wherein said thrce re-
mission signals are formed from any three mutually in- corded signals are formed from any three mutually in-
dependent linear combinations of Ty . Ty and Tr. 5 dependent linear combinations of Ty , Ty -and T

3. The method of claim 1 comprising passing signal 12. The recording of claim 10 wherein the recorded
T, through a filter to narrow the frequency band signal Ty has a substantially narrower frequency band
‘thereof relative to the other two transmission signals. than Ty and Ty

4. The method of claim 3 comprising shifting the 13. The recording of claim 10 wherein:there are at

phase of said other transmission signals in amounts 20 least four recorded signals, the fourth recorded signal .
equal in frequency characteristic to the phase shifts = being formed as:
produced by said filter. .
5. The method of claim 1 wherein there are at least To=3 Sie ¥2j@c+7/2)
four transmission signals, the fourth transmission signal k=t

being formed as: ' 25 14. The recording of claim 13 wherein said four re-

corded signals are formed from any two mutually inde-
" pendent linear combinations of Ty and Tp and any
To= s Sk o= 2j(8; + W/2) two mutually independent linear combinations of T,
k=1 10 and T,
. L ) 15. The recording of claim 1 in sai -
6. The method of claim 5 wherein said four transmis- corded signals 2 r;g iiaflm 3 whercin Sald. four re
i ignals are formed from any two mutually indepen- reed signa’s are formed wom four mutually indepen-
sion sig Lo . dent linear combinations of Ty , Ty . Trand Ty, said
dent linear combinations of Ty and T4 and any two . ., hinations being defi )
. . T . g defined by:
mutually independent linear combinations of Ty and
Te. 35
7. The method of claim 5 wherein said four transmis-
sion signals are formed from four mutually independent ) | a :
linear combinations of Ty , Ty »Trand Ty, said com- TR=E (Ts— T’\)=E S Sill —e sty
binations being;: k=t

T:,=—;-(T;+T;)=% S Sl +e Ot

k=1

40
16. The recording of claim 13 wherein said recorded

1 - o signals Ty and Ty have substantially narrower fre-
Ti=3 (T4 T9)=7 kE Sill+ed Bt quency bands than Ty and TA .

- 17. The method of claim 2 wherein said three mutu-

45 ally independent linear combinations of Ty , T, and

Tu= % (Ts— TA)=% i Sl — e d@HTD Ty are respectively given by T,, T and Tr defined as:
k=1
Tp=Tr T:.=% (Ty+ Ts+0T7)= % (T:+Tu=% é, Si(l+e ctmi2))
Te=T, 50 1 | - )
Te==(Te—Ta+0T7)==(Tx—Ta)== 2 Sl —ef@u+mi2))
2 2 2450
8. The method of claim 5§ comprising passing signals T,-=—l- OTs+0Ts+2T7)= i Sie—i i « 2)
Tr and T, through filters to narrow the frequency 2 k=1
bands relative to the other two transmission signals. 35
9. The method of claim 8 comprising shifting the 18. The recording of claim 11 wherein said three mu-
phase of said other transmission signals in amounts tually independent linear combinations of Ty , Ty
equal in frequency characteristic to the phase shifts and Tr are respectively given by T, Tr and Tr de-
produced by said filters. fined as:

10. A recording with directional audio information 60
derived from matrixed source signals representative of

sounds from different bearing angles 8, each measured T,‘=l (Te+Ta+ 0T7.)=-l- (Te+ T;)=l ﬁ: Sl 40t
from a source reference direction, to form at least three 2 2 245
record§d signals, Ty g Ty andTp, ea?h having mixing TR=1 (To—Ts+ OT,-)=~l (Ts—Ts)= ! 3 Sul—e O +m/2))
coefficients substantially corresponding to values of 65 2 2 2,4

single-variable 360° repetitive functions of said bearing

1 ! .
. - - - . = < 2T7)= E & S+ w2
angles 6, said single-variable functions being defined as: L 2 (0T +07s+2T7) - Swe ~fOerml
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19. A method of producing presentation signals from
at lcast three transmission signals, Ty , T4 and Tr for
an array of acoustical transducers distributed at respec-
tive bearing angles relative to a presentation reference
direction about a listening space, the transmission sig-
nals being formed from source signals representative of
sounds from differcnt bearing angles 6, each measured
from a source reference direction, and having encoded
mixing coefficients substantially corresponding to val-
ues of single-variable 360° repetitive functions of said
bearing angles 4, said single-variable being defined as:

Ty= ﬁ: S«
k=1
Ty= 2 Sy J@ctalD)

k=1

Tr= E' Spe i Butw[2)
k=1

where S, is the k-th source signal, 8 is the bearing
angle between the sound location thereby represented
and the said source reference direction and j is the
square root of — 1, said method comprising the steps of
multiplying each of said transmission signals by decod-
ing mixing coefficients and adding the product signals
formed thereby substantially in accordance with the re-
lationship defined by '

Pi=T3y +Ta e’ ‘¢; * D+ Tre P
where P; is the presentation signal for the transducer
located at the bearing angle 6; measured to the presen-
tation reference direction at a laterally central location
as to the listening space, and j is the square root of —
1.

20. The method of producing presentation signals in
accordance with claim 19 wherein said transmission
signals ar in the form T, Tg and T defined as:

T,=%(Tyg +Tap ) '

Tek=%(Ty —Ta)

T;=Tr
and said method comprises the steps of multiplying
each of the transmission signals T,, T and Ty by de-
coding mixing coefficients and adding the product sig-
nals formed thereby substantially in accordance with
the relationship defined by

Pi=%T,(1+e? P + "D)y 4+ 16Ty (1 —e ‘0

+ w2y 4+ Tpe (¢; + W

. 21. The method of producing presentation signals
from at least four transmission signals for an array of
acoustical transducers distributed at respective bearing
angles relative to a reference direction about a listening
space, the transmission signals being formed from ma-
trixed source signals reprsentative of sounds from dif-
ferent bearing angles 6, each measured from a source
reference direction, and having encoding mixing coeffi-
cients substantially corresponding to values of func-
tions of the bearing angles 8 defined by the following
relationships:

+ w

Ty= i Sk
k=1

To= i Sy jBAm2)

k=1

.
Tr=3 Sie~j@u+mi2)

=

To= 5'_: Spe T2 B+T)

k=1
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where S, in the k-th source signal, 6 is the bearing
angle between the sound location thereby represented
and said source reference direction and j is the square
root of —1, said method comprising the steps of multi-
plying each of said transmission signals by decoding
mixing coefficients and adding the product signals
formed thereby substantially in accordance with the rc-
lationship defined by

Pi=Ts+ Tae—jl¢i+ai2)+ Tre i(di+mf2) + Tae F2ildi+7/2)

where P; is the presentation signal for the transducer
located at the bearing angle 6; measured to the refer-
ence direction at a laterally central location as to the
listening space. »

22. The method of claim 21 wherein the transmission
signals Ty and Ty form signals T, and Ty according
to the following relationships:

T, =% (Ty +TA)
and said method comprises the steps of multiplying
each of the signals T;, Tg, Ty and T, by decoding mix-
ing coefficients and adding the product signals formed
thereby substantially in accordance with the relation-
ship defined by

Pi=12T.(1+ e—itbi+w2)) 4+ 1/2T g(1 —e=jldi+7(2)}
+ Tre jldi+w/2) + Tqe F2(di+m/2)

23. The method of claim 19 wherein the signal Ty has
a substantially narrower frequency range than Ty and
Ta and each presentation signal is attenuated in the
frequency range of these signals to equalize the overall
frequency response.

24. The method of claim 21 wherein the signals T7
and Tq have substantially narrower frequency ranges
than Ty and Tp and each presentation signal is at-
tenuated in the frequency range of these signals to
equalize the overall frequency response

25. Apparatus for the production of signals with di-
rectional audio information comprising matrix means
for matrixing source signals representative of sounds
from different bearing angles 6, each measured from a
source reference direction, to form at least three trans-
mission signals, Ty , T4 and Ty, capable of being re-
matrixed for production of presentation signals, said
matrix means including means for providing encoding
mixing coefficients for each of said transmission signals
substantially corresponding to values of single-variable
360 ° repetitive functions of said bearing angles 6, said
single-variable functions being defined as:

Tz=is;.-

k=1

Ty=3 Siei@s+ald

k=1

To= i Spe —i(@xtm2)

k=1

where S, is the k-th source signal, 6 is the bearing
angle between the sound location thereby represented
and said source reference direction and j is the square
root of —1.
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26. The apparatus of claim 25 wherein said three
transmission signals are formed from any threc mutu-
ally independent linear combinations of Ty . Ty and
T

27. The apparatus of claim 26 wherein said three mu-
tually independent linear combinations of TE , Ta
and Ty are respectively given by T,, Tz and T defined
as:

u

1 .
Ti=5 (T +Ta) =53 Si(1+e¢ Otaill

1
2
k=t

=1 13 (05
Te=3 (TL—TA)—EE Si(1—e JOs+ai2)

Tr="Tr=) Sye~iBitm2)

A=1

28. The apparatus of claim 25 comprising a filter re-
sponsive to transmission signal T7 for narrowing the
frequency band thereof relative to the other two trans-
mission signals.

29. The apparatus of claim 28 comprising phase shift-
ing means to shift the phase of said other transmission
signals in amounts equal in frequency characteristic to
the phase shifts produced by said filter.

30. The apparatus of claim 25 wherein said matrix
means comprises means for providing at least four
transmission signals, the fourth signal being formed as:

n
3 Sie £2j(0u+7/2)
=1

Ty=

31. The apparatus of claim 30 wherein said matrix .

means includes means for providing said four transmis-
sion signals from any two mutually independent linear
combinations of Ty and TA and any two mutually
independent linear combinations of T, and T,

32. Apparatus for producing presentation signals
from at least three transmission signals, Ty , T4 and
T, for an array of acoustical transducers distributed at
respective bearing angles relative to a presentation ref-
erence direction about a listening space, the transmis-
sion signals being formed from source signals represen-
tative of sounds from different bearing angles 8, each
measured from a source reference direction, and hav-
ing encoded mixing coefficients substantially corre-
sponding to values of single-variable 360° repetitive
functions of said bearing angles 0, said single-variable
functions being defined as:

Ta= 2 Sre j0u+7i2)

k=1

Tr= i Sce—ilButuf2)

k=1

where S, is the k-th source signal,- 6, is the bearing
‘angle between the sound location thereby represented
and said source reference direction and j is the square
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root of — 1, said apparatus comprising means for multi-
plying each of said transmission signals by decoding
mixing coefficients and means for adding the product
signals formed thereby substantially in accordance with
the relationship defined by

Pi=Ts+ Tre —iliF 72 + Tee jlditmI2)

where P; is the presentation signal for the transducer
located at the bearing angle 6; measured to the presen-
tation reference direction at a laterally central location
as to the listening space, and j is the square root of —
1.

33. Apparatus for producing presentation signals in
accordance with claim 32 wherein said transmission
signals are in the form T, Ty, and T defined as:

T,=% (Tz +Tp)

Tp=%(Ty —Typ)

TT = TT
and said apparatus comprises means for multiplying
cach of the transmission signals T,, Ty and T by de-
coding mixing cocfficients and means for adding the
product signals formed thereby substantially in accor-
dance with the relationship defined by

1
p‘_=.% Ti(1+ e—ildi+al2) )+§ Tu(l —e—=j(di+a/2))

+ Tre Jlbitm(2)

34. Apparatus for producing. presentation signals
from at least four trasmission signals for an array of
acoustical transducers distributed at respective bearing
angles relative to a reference direction about a listening
space, the transmission signals being formed from ma-
trixed source signals representative of sounds from dif-
ferent bearing angles 8, each measured from a source
reference direction, and having encoding mixing coeffi-
cients substantially corresponding to values of func-
tions of the bearing angles 6 defined by the following
relationships:

Ts= i Se

K=k

Ta= 2 Sie HOc+al2)

k=1

Tr=3 Spe —JOctalD)

To= 2 Spe=2Oc+m2)

k=1
where S, is the k-th source signal, 6; is the bearing
angle between the sound location thereby represented
and said source reference direction and j is the square
root of —1, said apparatus comprising means for multi-
plying each of said transmission signals by decoding
mixing coefficients and means for adding the product
signals formed thereby substantially in accordance with
the relationship defined by

Pi=Ts+ T;e—i(¢i . 1rl2)+ Tred (i+m2) 4 qubx 2j{i+m/2)
L4

where P; is the presentation signal for the transducer
located at the bearing angle 6, measured to the refer-
ence direction at a laterally central location as to the
listening space.

35. The apparatus of claim 34 wherein the transmis-
sion signals Ty and T A form signals T, and T ac-
cording to the following relationships:
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T,=% (Tz +TA )

T“ =Y (Tz —TA )
and said appartus comprises means for multiplying
cach of the signals T, Ty, Ty and T by decoding mix-
ing cocfficients and means for adding the product sig-
nals formed thereby substantially in accordance with
the relationship defined by

| .
P=5T.(1 +emigira) 5 1 (1=e —iéital2))

4 Tre J@i+al2) 47 F2U($ick 72

36. The apparatus of claim 32 comprising means for
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substantially narrowing the frequency range of signal
Ty relative to Ty and Ty and means for attenuating
cach presentation signal in the frequency range of these
signals to equalize the overall frequency response.

37. The apparatus of claim 34 comprising means for
substantially narrowing the frequency ranges of signals
T and T, relative to Ty and Ty and means for at-
tenuating each presentation signal in the frequency '
range of these signals to equalize the overall frequency
response.



