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[5 7] ABSTRACT 
A sound system for producing at least four discrete 
sound outputs from respectively different directions 
from a listener wherein the audio and directional infor 
mation representing the sound outputs are recorded on 
a stereophonic disc record, or similar record medium 
having a two-track capability. The system includes re 

cording apparatus having two matrix encoders for sepa 
rately and differently matrixing four input signals to 
produce two pairs of composite signals each containing 
three of the input signals with preselected amplitude 
and phase relationships, at least one of the signals hav 
ing a different phase in each of the composite signals 
of a pair. The amplitude and phase relationships are 
such that four combinations of the two composite sig 
nals of each pair will yield four separate signals in 
which respective ones of the four input signals are pre 
dominant. The two composite signals produced by one 
of the encoders are recorded at baseband frequency on 
respective walls of a stereophonic disc record, and the 
two composite signals from the other encoder, which 
have different phase relationships than the correspond— 
ing composite signals of the other pair, are utilized to 
amplitude modulate respective carrier signals which 
are also recorded on the walls of the record groove. 

Apparatus for reproducing the record includes ?lters 
for separating the baseband frequencies from the 
carrier frequencies, detectors for recovering the 
modulation from the carriers, and a pair of decoders, 
one for decoding the baseband frequency signals and 
the other for decoding the two composite signals 
recovered from the carriers. Each decoder delivers 
four output signals in which respective ones of the four 
input signals are predominant and each containing 
unwanted signal components. Corresponding signals 
from the two encoders are combined, and by virtue of 
differences in the initial encoding, the desired 
predominant signals are enhanced and the unwanted 
signal components are canceled, thereby to produce 
four discrete output signals, corresponding in all 
respects to the input signals, for application to 
respective loudspeakers suitably positioned in a 
listening area. 

19 Claims, 8 Drawing Figures 
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STEREO-QUADRAPI'IONIC MATRIX SYSTEM 
WITH MATRIX OR DISCRETE SOUND 

REPRODUCTION CAPABILITY 

BACKGROUND OF THE INVENTION 

This invention relates to audio systems, and in partic 
ular to a sound system adapted to record four-or more 
individual channels of audio information containing di 
rectional information on a two-track record medium 
and to reproduce the recorded information as four dis 
crete audio output signals having the directionality of 
the original input signals. 

In commercial stereophonic systems, two indepen 
dent signals respectively modulate the two channels 
(left and right walls) of a single groove record in two 
perpendicular directions. Thus, the groove variations in 
one channel represent one function of the two signals 
and those in the other channel represent another func 
tion of the two signals. Typically, the groove is cut with 
modulation in each wall of the groove representing 
each signal and with lateral modulation representing 
the sum of the signals and vertical modulation repre 
senting the difference between the signals. 
Since the commercialization of stereophonic sound 

reproduction, efforts have been made to record three 
or more signals on a two-channel record for the obvi 
ous reason that the sound distribution of the repro 
duced information will improve as the number of signal 
sources increases. For example, three-channel disc re 
cording systems have been proposed in which a se 
lected fraction of a third signal corresponding to the 
sound detected by a centrally disposed microphone is 
added to the two signals corresponding to the sound de~ 
tected by spaced left and right microphones to record 
a dependent sum, or center, channel on the stereo 
phonic record. Alternatively, it has been proposed to 
subtract a selected fraction of the third signal from one, 
and add it to the other of said two signals and to thus 
record a dependent difference channel on the stereo 
phonic record. However, such a difference channel is 
not compatible with monophonic players because the 
vertical groove modulation cancels for monophonic re 
production, nor with stereophonic players, which pro 
duce an unnatural sound during reproduction. 

In co-pending application Ser. No. 169,219 filed 
Aug. 5, 1971 by the present applicant and others, and 
assigned to the assignee of the present application, a 
system is described for recording and reproducing four 
independent, discrete sound signals designated L,, R,, 
Lb and R, on a two-channel medium, such as a stereo 
phonic disc phonograph record. In accordance with the 
therein described invention, modulated carrier signals 
are utilized to provide, in effect, two additional record 
ing channels so as to permit recording of four signals 
independently on the otherwise two-channel medium. 
Brie?y, two baseband channels in the frequency do 
main from about 20 to 15,000 Hz are respectively re 
corded on the left and right channels of the disc, and 
two single sideband amplitude modulated jcarrier sig 
nals spanning the frequency range 'between about 
20,000 and 35,000 Hz are also recorded in the left and 
right channels, respectively. When the record is repro 
duced with a phongraph pickup sensitive to frequencies 
up to about 35,000 Hz, the baseband frequencies sepa 
rated from the modulated carriers by means of ?lters, 
and the modulation on the carriers detected, four sepa 
rate independent information-carrying channels are 
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2 
obtained, each having a capacity of approximately 
15,000 Hz. These four channels are used to respec 
tively record one of the aforementioned signals L,, R,, 
Lb and Rh in a completely discrete and independent 
manner. 

This result is achieved by “matrixing” (i.e., adding 
with linear coefficients) the four audio signals to form 
four matrixed signals, two of which when recorded at 
baseband will provide a reasonably pleasing sound dis 
play when reproduced on a conventional stereophonic 
phonograph, and the other two of which when em 
ployed to amplitude modulate carrier signals also re 
corded on the separate channels of the stereophonic 
record, will upon replay and detection provide signals 
which when combined with the signals derived from the 
baseband channels produce four output sound signals 
that are completely discrete and independent of each 
other. 
More particularly, in this prior system the four signals 

are matrixed or combined as follows: the left baseband 
channel signal, for convenience designated Ln, equals 
(L;+ L,,); the right baseband channel signal RTl equals 
(R, + R,,); the left carrier channel, designated Ln, 
equals (L, — L,,); and the right carrier channel, desig 
nated Rm, equals (R, —R,,). The sum signals (i.e., LT1 
and R“) are recorded as the basebands of the two 
channels and the carrier signals amplitude modulated 
by the difference signals (i.e., Ln and R") are re 
corded as the high-frequency signals on the corre 
sponding channels of a two-channel stereophonic re 
cord. Upon reproduction of the disc with a pickup hav 
ing a sensitivity up to the upper frequency of the modu 
lated carrier, and demodulation of the carrier signals, 
the reproduced signals are matrixed or combined as in 
dica'ted below to obtain the four original channels: 
L]: L11 + Ln R]: R11+ Rn 
Lb=L11_L'rz Rb=RTl—RT2 
While the record prepared by the described tech 

nique provides discrete output signals, it is not “com 
patible" in the sense that it can not be reproduced satis 
factorily on a conventional sterophonic phonograph 
because its pickup usually is unable to reproduce fre 
quencies above about 20,000 Hz; thus, only the base 
band channels would be reproduced and those re 
corded in the carrier mode would be lost. Moreover, it 
has been determined by listening tests as well as by the 
oretical considerations that reproduction of the base 
band channels is not entirely satisfactory because upon 
stereophonic replay the pair of signals L, and L,, 
appears to be localized in one loudspeaker and the 
other pair of signals R, and R, appears to be localized 
at the other, instead of ?lling the space between them; 
thus, space perspective is not satisfactorily portrayed. 

SUMMARY OF THE INVENTION 

It is the principal object of the present invention to 
provide improved apparatus for recording four discrete 
audio information signals on a two~channel disc record 
and apparatus for reproducing the same to deliver four 
discrete output signals, which record is also “compati 
ble" with existing sound systems in the sense that it can 
be acceptably reproduced on a conventional stereo 
phonic phonograph, as well as on certain existing quad 
raphonic reproducing apparatus of the matrixed type to 
deliver four output sound signals, albeit not discrete 
signals, for presentation on respective loud-speakers. 
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This and other objects of the invention are attained 
by utilizing a technique similar to that described in the 
aforementioned application in the respect that carrier 
signals are used to obtain two additional recording 
“channels,” but differing therefrom in the manner in 
which the four discrete input signals are 'matrixed prior 
to recording. Instead of the simple sum-and-difference 
matrixing used in the prior system, four discrete input 
signals, for convenience designated L,, R,, L,, and R,,, 
are matrixed in two different matrix encoders each 
adapted to produce two composite signals each con 
taining at least three of the input signals with prese 
lected amplitude and phase relationships, at least one 
of the signals having a different phase in each of the 
composite signals. The amplitude and phase relation 
ships are such that four combinations of the two com 
posite signals will yield four separate signals in which 
respective ones of the four input signals are predomi 
nant. The two composite signals produced by one of 
the encoders are recorded at baseband on respective 
walls of the record groove, and the two composite sig 
nals from the other encoder, which have the just 
described properties but have phase-relationships be 
tween the signals contained' therein differing from 
those in the ?rst pair of composite signals, are utilized 
to amplitude modulate respective carrier signals which 
are also recorded on the two walls of the record groove. 
Designating the two composite signals from one en 
coder LT1 and RT], respectively, and those from the 
other encoder Ln and RH, respectively, the LT, signal 
from one encoder is recorded at baseband and a carrier 
modulated with the L1‘2 signal from the other encoder 
are recorded on the “left“ groove wall, and the RT1 
signal from the said one encoder is recorded at base 
band and a carrier modulated with the RH signal from 
the other encoder are both recorded on the “right” 
groove wall. 
The apparatus for replaying the record includes a ste 

reophonic pickup capable of reproducing the highest of 
the modulated carrier frequencies, suitable filters for 
separating the baseband frequencies from the carrier 
frequencies, means for detecting the modulation on the 
carriers, and a pair of matrix decoders, one for de 
matrixing the two encoded baseband frequency signals 
and the other, having different connections, for decod 
ing the two encoded signals recovered from the carri 
ers. Each of the decoders is operative to deliver four 
output signals in which respective ones of each of the 
four input signals are predominant and accompanied 
by two others of the input signals but at lower ampli 
tude. Corresponding output signals from the two de 
coders are then combined in respective summing net 
works, and by virtue of the differences in the manner 
in which the two encoders initially matrixed the four 
input signals, and the two decoders have decoded the 
matrixed signals, the desired predominant signals are 
enhanced and the lower amplitude signals are can 
celed, thereby to produce four discrete output signals, 
corresponding in every way to the input signals, for ap 
plication to four loudspeakers positioned at the left 
front, right front, left back and right back corners of a 
listening area. 

In addition to its discrete channel performance when 
replayed on the just-described reproducing apparatus, 
the record produced in accordance with the invention 
is “compatible" in the sense that it may be replayed on 
a conventional stereophonic phonograph having a 
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pickup sensitive over only the baseband frequency 
range with results superior than is obtained from a con 
ventional stereophonic record because of the presence 
of“back” signal information in addition to the left and 
right front signals in the two composite signals re 
corded at baseband, and in that its baseband channels 
can be reproduced on existing matrix-type quadra 
phonic playback systems to provide a high degree of 
four channel realism. 

The- reproducing apparatus of the invention is also 
compatible with existing quadraphonic disc records 
having recorded thereon composite signals matrixed in 
a manner compatible with the baseband decoder; in 
this situation, the second decoder for the composite 
signals derived from the carriers would not be opera 
tive. 
Furthermore, while the invention is summarized 

above and will be described herein in connection with 
a disc record, it is equally applicable to other recording 
media and/or broadcasting or transmission systems 
normally having two channels but can, by carrier tech 
niques, be converted to have four channels. In a more 
general sense then, the invention is useful for recording 
or transmitting multi-channel information over a multi 
channel system, with good reproduction, using but two 
of the channels thereof. 

BRIEF DESCRIPTION OF THE DRAWINGS 
Other objects, features and advantages of the inven 

tion will be evident, and a better understanding of its 
construction and operation will be had from the follow— 
ing description and accompanying drawings, in which: 
FIGS. 1 and 2 are block diagrams illustrating pre 

ferred embodiments of two encoding matrixes for sepa 
rately matrixing four discrete channels of audio infor 
mation; 
FIGS. 3 and 4 are block diagrams illustrating pre 

ferred embodiments of matrix decoders for deriving in 
dividual signal components from composite signals ma 
trixed by the encoders of FIGS. 1 and 2, respectively; 
FIG. 5 is a block diagram illustrating a preferred em 

bodiment of a recording system arranged according to 
the invention for recording four channels of audio in— 
formation on a two-channel disc record; 
FIG. SA is a block diagram illustrating in more detail 

a portion of the system of FIG. 5; 
FIG. 6 is a diagram illustrating the frequency distri 

bution of the baseband and single sideband carrier sig~ 
nals recorded on one channel of a two-channel stereo 

phonic record; and 
FIG. 7 is a block diagram illustrating a preferred em 

bodiment of a reproducing system arranged according 
to the invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

The present invention is based on the realization that 
any number of signals need not be matrixed in any spe 
ci?c manner for recording on a medium having an 
equal number of independent channels to enable re 
covery of the original signals on playback, so long as 
the coefficients in the matrixing process are linearly in 
dependent; i.e., selected so as to provide a set of inde 
pendent equations equal in number to the number of 
unknowns. In the system of the aforementioned co 
pending application, in which there are four signals and 
four channels, the input signals L;, R,, L‘, and R, are ' 
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matrixed or “encoded” in accordance with the follow 
ing general equations: 

(1) 
(2) 
(3) 
(4) 

Upon replay and demodulation the signals L“, R“, L1.2 
and R” become available for recombination to recover 
the original signals. It is well known that in every case 
where equations of this form are linearly independent, 
they can be solved to retrieve the four original signals 
in the following form: 
L? : 1711141 + bizRri + bl3L7'2 + b14RT2 (5) 

It will be evident that in the matrixing technique uti 
lized in the co~pending application, the “a" coefficients 
in equations 1 through 4 are as follows: Eq. (1) —-'1, 
l, 0, 0; Eq. (2)— 1,——l, O, 0; Eq. (3)— 0, 0, I, 1; and 
Eq. (4)— 0, 0, l,—l. Solution ofequations ( l ), (2) and 
(4) reveals that the “b" coefficients in Eq. (5) are 
1:‘z1ré0,0;in Eq. (6) ‘k. —%0, 0; Eq. (7)0, 0, ‘A95; and 
Eq. (8) O, O, ‘re-‘b. Substituting equations (1) to (4) 
into equations (5) to (8) using these coefficients pro 
duces the four original signals L,, R,, L, and RD. The 
principle represented by this analysis is extended and 
utilized in the present invention. _ 

In a preferred embodiment of a four-channel record 
ing system arranged according to the present invention, 
as shown in FIG. 5, a pair of matrix circuits l0 and 12 
each receive four audio signals from a suitable four 
channel source, such as a master tape (not shown) or 
four individual microphones, via input terminals l4, 
l6, l8 and 20, respectively. The input signals are desig 
nated left front (L,), left back (Lb), right front (R,) and 
right back (R,,) and indicate the location in a listening 
area in which they are to be reproduced. 
The matrix circuits 10 and 12, illustrated in FIGS. 1 

and 2, respectively, are very similar in construction and 
operation and embody the invention described in appli7 
cant’s co-pending application Ser. No. 124,135, ?led 
Mar. 15, 1971 and assigned to the assignee of the pres 
ent application. The encoder of FIG. 1 has four input 
terminals 14', 16’, 18' and 20' (they correspond to the 
input terminals of the recording system of FIG. 5) to 
which the four signals L,, Lb, Rb and R,, depicted as in 
phase signals (when of the same frequency) and of 
equal amplitude, are respectively applied. With the 
switches SI and S2 in the positions indicated, the full L, 
signal is added in a summingjunction 22 to 0.707 of the 
Rb signal, the output of the summing junction being ap 
plied to a phase-shifting network 24 which introduces 
a reference phase-shift 111 which varies continuously 
with frequency. The full R, signal at terminal 20' is 
added in a second summing network 26 to —0.707 of 
the L, signal appearing at input terminal 16’, and the 
output is passed through a second ill-network 28 which 
also provides the reference phase-shift 41. The L,, and R, 
signals are also applied to respective ill-networks 30 and 
32, each of which provides a phase ahift of III-90° and 
wherein the all-functions are essentially the same. The 

7 full signal appearing at the output of network 24 is 
added in a summing circuit 34 to 0.707 of the signal ap 
pearing at the output of network 30 to produce at its 
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output terminal 36 a composite signal designated LT. 
Similarly, the full signal from network 28 is added in 
summing junction 38 to —O.707 of the signal from net 
work 32 to produce at its output terminal 40 a compos 
ite signal designated R“. The composite signals L1, and 
R“ are conveniently characterized by the phasor 
groups 42 and 44, respectively, and may be recorded 
on a two-track tape recorder in the form of “encoded” 
signals for a subsequent'recording on a disc record, or 
they may be encoded directly on a disc record using a 
conventional stereophonic record cutter. 

' It will be observed from examination of phasor 
groups 42 and 44 that encoder 10 positions the full L, 
and R, signals in phase with each other, causes the Rb 
components in the two composite signals to be substan 
tially in quadrature with each other, and the L,, 
components in the two composite signals to also be 
substantially in quadrature with each other. Addition 
ally, the L, and R, signals at output terminal 36 lead 
and lag, respectively, the Lb and R, signals at output 
terminal 40, and the Rb signal component is aligned 
with and in phase with the L, signal at terminal 36 and 
the L, signal component is aligned with but is out-of 
phase with the R, signal in phasor group 44. 
By slight modification of the encoder of FIG. 1, illus 

trated in FIG. 2, the four input signals can be encoded 
in a different manner whereby the phasors representing 
its composite output signals are the complements of the 

- corresponding phasors representing the composite sig 
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nals delivered by the FIG. 1 encoder. More speci?cally, 
the full L, signal is added in a summing junction 46 to 
—-0.707 of the RD signal, the output of the summing 
junction being applied to a phase-shifting network 48 
which introduces the reference phase-shift 41, which has 
the same function as in the encoder of FIG. 1. The full 
R, signal at terminal 20" is added in summing network 
50 to 0.707 of the L,, signal at input terminal 16" and 
the output is passed through the ill-network 52, which 
also provides the reference phase-shift 111. The L, and R, 
signals are also applied to respective ‘Ii-networks 54 and 
56, each of which provides a phase-shift of (ll-90°. The 
full signal appearing at the output of network 48 is 
added in a summing network 58 to —0.707 of the signal 
appearing at the output of network S4‘to produce at its 
output terminal 60 a composite signal designated Ln. 
Similarly, the full signal from network 52 is added in 
summing junction 62 to 0.707 of the signal from net 
work 56, to produce at its output terminal 64 a com 
posite signal designated Rn. As with the encoder of 
FIG. 1, in the phasor groups 66 and 68 representing the 
composite signals Ln and R1,, respectively, the L, and 
R, signals are in phase and each have unity value, the 
L‘, and R‘, signal components in one of the composite 
signals are in substantial phase quadrature with the cor 
responding signal components in the other composite 
signal, the L1, and R, signals at output terminal 60 lag 
and lead, respectively, the L, and R,, signals at terminal 
64, the Rb signal in phasor group 66 is aligned with but 
out-of-phase with the L, signal, and in phasor group 68 
the L, signal is aligned with and in phase with the R, 
signal. 
As will be seen from the description to follow, it is the 

differences in the relative positions of the phasors 
representing the composite “left” and “right" signals 
delivered by the two different encoders, and the recog 
nition that by decoding of the composite signals pro 
duced by each and appropriate combination of'the de 
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coded signals, it is possible to derive the signals L,, L,, 
R, and R, as discrete, completely independent signals. 
Although such decoding and combining occurs in the 
reproducing apparatus it will be ,helpful to an under 
standing of the invention to here describe the decoding 
technique, before continuing with the description of 
the recording system of FIG. 5. 

Essential to achieving the objects of the invention 
was applicant’s recognition that by utilizing appropri 
ate matrix decoders of the type described in his afore 
mentioned co-pending application Ser. No. 124,135 to 
decode the signals produced by the encoders of FIGS. 
1 and 2 it is possible to obtain two sets of four decoded 
signals wherein the primary signals LI, Lb, Rb and R, are 
identical in both sets while their corresponding accom 
panying signals are equal and out-of-phase whereby 
when corresponding decoded signals of the two sets are 
added the desired signals are augmented and the ac 
companying signals are canceled to thereby obtain a set 
of four output signals corresponding in every way to the 
original signals supplied to the encoders. To this end, 
the decoder illustrated in FIG. 3 is used to decode the 
composite signals L1l and RTl produced by encoder l0, 
and the decoder illustrated in FIG. 4, which closely re 
sembles the circuit of FIG. 3, is used to decode the 
composite signals Ln and RH produced by encoder 12. 
The decoder of FIG. 3, which is also described in appli 
cant’s co-pending application Ser. No. 118,272 filed 
Feb. 24, I971, includes a pair of input terminals 70 and 
72 to which the composite signals LT, and Rn are re 
spectively applied. The signal applied to terminal 70 is 
applied in parallel to and phase-shifted by a pair of 
IIJ-I‘IEIWOI'ICS 74 and 76, and thecomposite RT, signal ap 
plied to input terminal 72 is applied in parallel to iii-net 
works 78 and 80. These ill-networks are of the type pre 
viously described, the networks 74 and 80 introducing 
a reference phase-shift of ill and the networks 76 and 78 
introducing a phase-shift of Ill-9001 . The output signals 
from networks 74 and 80 are respectively applied di 
rectly to the “left front" output terminal 82 and to the 
“right front” output terminal 84. Equal portions of the 
outputs of networks 74.and 78 are summed in a sum 
ming junction 86, the output of which is applied to the 
“right back” output terminal 88, and equal portions of 
the outputs of networks 76 and 80 are inverted and 
added in a second summing network 90, the output of 
which is applied to the “left back” output terminal 92. 
As a result of the described phase-shifting and summing 
action four decoded signals designated L'n, L'M, R’,, 
and R',, appear at output termainls 82, 92, 88 and 84, 
respectively, and have the composition depicted by 
phasor diagrams 94, 96, 98 and 100, respectively. It is 
seen that the predominant signals in the four decoded 
signals, namely, L’,, L’,,, R’, and R’,, have the same rel 
ative amplitude and phase as the corresponding signals 
applied to the encoder of FIG. 1, but that the predomi 
nant “front” signals are accompanied by reduced am 
plitude signals from the back pair of channels and the 
predominant “back" signals are accompanied by re 
duced amplitude signals from the front pair of chan 
nels. 
The decoder of FIG. 4 likewise has a pair of input ter 

minals 102 and 104 to which the composite signals Ln 
and RT; initially encoded by endoder 12 are respec 
tively applied. The L" signal is applied in parallel to a 
pair of phase-shifting networks 106 and 108 which re 
spectively introduce a reference phase shift 11; and a 
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8 
phase shift of ill-90°, and the RH signal is applied in par 
allel to a pair of similar phase-shift networks 110 and 
112. As in the decoder of FIG. 3, the outputs of phase 
shift networks 106 and 112 are respectively applied di 
rectly to the “left front” output terminal 114 and the 
“right front” output terminal 116. Equal portions of 
the outputs of networks 108 and 112 are summed in a 
summing junction 118, the output of which is applied 
to the “left back” output terminal 120, and equal por~ 
tions of the outputs of networks 106 and 110 are in 
verted and summed in a second summing network 122, 
the output of which is aplied to the “right back“ output 
terminal 124. Again, the four decoded signals appear 
ing at the output terminals, represented by phasor 
groups 126, 128, 130 and 132, respectively contain 
predominant signal components L';, L',, R’, and R’,, 
each accompanied by reduced amplitude signals from 
two other channels. Again, also, the predominant sig 
nals have the same relative amplitude and phase rela 
tionship that they exhibited at the input terminals of the 
encoder of FIG. 2. 7 

Inspection of the two sets of phasor groups from the 
two encoders reveals that the predominant signals L,, 
L,, R0, and R, in both are identical in relative phase and 
amplitude to the corresponding signals at the input ter 
minals of their respective encoders, but that their cor 
responding accompanying signals are equal and out-of 
phase. For example, comparison of phasor groups 94 
and 126 shows that the L’; signal in both is equal and 
in phase, whereas the signals 0.70711’, and 0.707L'b in 
one are equal and out-of-phase with corresponding 
components in the other. Therefore, when the signal at 
terminal 82 of the FIG. 3 decoder is added to the signal 
at terminal 114 of the decoder of FIG. 4, the desired L, 
signal will be augmented (doubled) and the undesired 
accompanying signals 0.707L'b and 0.707R', will be 
canceled. The same is true of the composite signals ap 
pearing at output terminals 92, 88 and 84 of the de 
coder of FIG. 3 and the corresponding signals at the 
output terminals 120, 124 and 116 of the decoder of 
FIG. 4. Thus, by matrixing the four orignal input signals 
with the differing encoders of FIGS. 1 and 2, and de 
coding the composite signals produced thereby with 
the differing decoders in FIGS. 3 and 4, respectively, 
and by combining the outputs of the two decoders in an 
additive mode, a set of four output signals is obtained 
which in every way correspond to the orignal signals 
supplied to the encoders; that is, signals which are com 
pletely independent of each other and contain the orig 
nal directional information. 
While two encoder circuits have been separately il 

lustrated in FIGS. 1 and 2, and two decoder circuits 
have been shown in FIGS. 3 and 4, to graphically show 
how the signals are matrixed and dematrixed to attain 
the objects of the invention, inspection of these ?gures 
will show that the encoder of FIG. 2 is the morror 
image of the encoder of FIG. 1 and that the decoder of 
FIG. 4 is the mirror image of the decoder of FIG. 3. 
Stated another way, in the case of the encoders, if the 
four input signals are applied to the input terminals of 
the FIG. 1 encoder in the reverse order from that 
shown therein (i.e., with the L,, L,, R, and Rfsignals ap 
plied to input terminals 20', 18', 16’ and 14', respec 
tively) the resultant composite signals LT and RT at out 
put terminals 36 and 40 will have the characteristics 
depicted by phasor groups 66 and 68, respectively 
(FIG. 2). Conversely, if the four input signals are ap 
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plied to the input terminals of the FIG. 2.in reverse 
order to that shown, the composite signals will be as de 
picted by phasor groups 42 and 44 (FIG. 1). Thus, the 
encoders l0 and 12 in the system of FIG. 5 may be 
identical circuits with merely the order in which the 
input signals are applied and the output signals ob 
tained differing. The encoders being readily imple 
mentable in integrated circuit form, this feature is of 
considerable importance in production in that one chip 
design is needed for the two different encoding func 
tions. 
Likewise, a single circuit, which may also be readily 

fabricated in integrated circuit chip form, can serve as 
either of the two decoders illustrated in FIGS. 3 and 4, 
simply by the choice of input terminals to which the 
two composite signals are applied. That is, if in the cir 
cuit of FIG. 3 the input signals LT1 and R11 are reversed, 
the output signals at terminals 82, 92, 88 and 84 would 
be as depicted by phasor groups 126, 128, 130 and 132, 
respectively (FIG. 4). Similarly, reversal of the input 
signals to the FIG. 4 matrix would result in decoded sig 
nals corresponding to those illustrated in FIG. 3. 
Continuing now the description of the recording sys 

tem of FIG. 5, the composite signals LT1 and RT, 
appearing at the output terminals of encoder 10 are 
ampli?ed by respective ampli?ers 150 and 152 and ?l 
tered with respective filter networks 154 and 156, each 
of which has a high-frequency cutoff at a frequency f,, 
which is at or near the highest audio frequency of inter 
est, typically 15,000 Hz. The output of ?lters 154 and 
156 are respectively passed through suitable delay net 
works 158 and 160, the purpose of which will be de 
scribed later, and applied to the left and right input ter 
minals, respectively, ofa stereophonic cutter 162 in co 
operative relationship with a disc 164. Thus, the two 
composite signals delivered by matrix 10 are recorded 
on the two walls of the disc groove in a manner entirely 
similar to that used in making a conventional matrixed 
stereophonic disc as more fully described in applicant’s 
aforementioned application and in his co-pending ap 
plication Ser. No. 44,224 ?led June 8, 1970, now aban 
doned. The signals L, and R, cause stylus motion at 90° 
relative to each other, these motions being identical to 
those found in a conventional stereophonic record. The 
quadrature and leading and lagging relationship of the 
L1, and R,, signals in the two composite signals results in 
the “back" channels being recorded in the form of 
clockwise and counter-clockwise helixes. Thus, the 
right-front and left-front channels have a theoretically 
infinite separation as with a conventional stereophonic 
record, while the left-back channel and the right-back 
channel appear more or less centered and somewhat 
dispersed between the two loudspeakers when repro 
duced on a stereophonic player. And, of course, the de 
scribed recording of the back channel information pro 
vides the capability of admitting to a decoding opera 
tion to convert the signals back into a discrete four 
channel program. ‘ 

The Ln and RH signals delivered by encoder 12 are 
recorded in the left and right channels, respectively, as 
modulation on respective carrier signals. These two 
composite signals are ?rst ampli?ed by respective am 
pli?ers 170 and 172 and then applied to respective 
modulators 174 and 176, each of which may have a 
self-contained source of carrier signal or, as illustated, 
they may be energized by an external carrier frequency 
generator 178. The function of the modulators 174 and 
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176, the operation of which will be described in more 
detail later, is to translate the frequency of the signals 
applied to the encoder 12 to a frequency domain above 
the baseband spectrum. Typically, the carrier fre 
quency is of the order of 20 KHz and is amplitude mod 
ulated from about 5 to 35 KHz. The modulated carriers 
delivered by the two modulators are passed through re 
spective ?lters 180 and 182, each designed to reject the 
lower sideband (i.e., frequencies below a lower cutoff 
frequency f2) leaving essentially only vthe carrier and 
the upper sideband. The signals passed by the ?lters are 
delayed by respective delay networks 184 and 186 and 
then combined with the output signals from delay net 
works 158 and 160, respectively, for application to the 
cutter 162. The delay networks 158, 160, 184 and 186 
are provided to equalize delays present in the four 
paths of the system due to the modulation process and 
?ltering so that the signals recorded on the disc bear a 
relative time-domain relationship such that upon replay 
they can be decoded and recombined with a minimum 
of time-delay error. 

Referring now to FIG. 5A, which illustrates in more 
detail a re?nement of the modulatiing process shown in 
FIG. 5, and considering one of the modulators, say 
modulator 174, after ampli?cation, the Ln signal is ini 
tially applied to an equalizer circuit 190 which attenu 
ates the components of the composite signal ranging in 
frequency from about 20 Hz to about 1 KI-Iz to com 
pensate both for the fact that some of the lower side 
band signals is transmitted to the output of the process 
ing circuitry because of the method employed for pro 
ducing single sideband, and to improve the signal-to 
noise ratio of the composite signal upon playback. The 
signal-to-noise ratio of the composite signal is im 
proved by pre-emphasizing the high frequency compo 
nents of the Ln signal (in which the spectral energy is 
less than for mid-range frequencies) and correspond 
ingly de-emphasizing the signal during playback so that 
a ?at frequency response is attained and the record 
noise subsequently attenuated. In a preferred embodi 
ment, single sideband is generated by passing a double 
sideband signal with carrier through a high-pass ?lter 
having a cutoff frequency equal to the carrier fre 
quency. Consequently, the audio level for low frequen 
cies must be attenuated with respect to the high fre 
quencies so that the modulation percentage in the dou 
ble sideband region is the same as in the single sideband 
region for constant level input. These signals, ranging 
in frequency from about 17 KHz to 20 KHz will be 
transmitted, albeit with attenuation. 
From the equalizer circuit 190 the signal Ln is ap 

plied to an envelope processor citcuit 192 which in 
cludes an amplitude modulator 194, a high pass ?lter 
196, a full wave detector 198 and an inverter 200. As 
will have become evident, the present invention utilizes 
a single sideband modulator to record the signal Ln on 
the same channel (left) of the stereophonic record 
groove that the signal LT, is recorded. As is understood 
in the art, when a sideband is removed from an ampli 
tude modulated carrier signal to develop a single side 
band signal with carrier, the envelope of the single side 
band signal is in the shape of a “poid” and thus repre 
sents a distorted replica of the modulating signal. In' 
order to compensate for such distortion of the envelope 
of the single sideband signal, it is desirable to pre 
distort the modulating signal in the processor 192. 
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Within the processor 192, therefore, the signal Ln is 
applied to one input terminal of the amplitude modula 
tor 194 wherein the signal modulates a carrier signal 
having a frequency of the order of 20 KHZ. The devel 
oped modulated carrier signal is then applied to the 
high-pass ?lter 196 having a cutoff frequency of about 
20 KHz which rejects at rapid rate frequencies below 
20 KHz and passes without attenuation the upper side 
band of the modulated carrier signal. The transmitted 
sideband signal is then applied to the full wave detector 
circuit 198 which comprises, for example, a full wave 
rectifier and low-pass ?lter and, accordingly, detects 
only the envelope of the transmitted sideband signal. 
Thus, the detected signal constitutes a distorted replica 
of the LT2 signal. - 
The inverter 200 inverts the detected and distorted 

Ln signal and applies the inverted signal to one input 
terminal of an amplitude modulator 202, the ?rst com 
ponent in single sideband modulator 174. In the modu 
lator 174, the inverted and distorted Ln signal modu 
lates a 20 KHz carrier signal applied from the source 
178, for example, to the other input terninal of the 
modulator. A high-pass filter 180 having a cutoff fre 
quency f2 of about 20 KHz transmits only the upper 
sideband of the amplitide modulated carrier signal. By 
virtue of the inherent distortion in the modulation pro 
cess, the envelope of the transmitted upper sideband 
signal is distorted with the result that the previous dis 
tortion is canceled and the envelope of the resultant 
signal is an exact replica of the signal L". 
From the ?lter 180, the upper sideband signal with 

carrier may be ampli?ed by a buffer ampli?er 204, the 
output signal from which is applied to the input termi 
nal of delay network 184. It will be understood that the 
other encoded signal, R”, is also processed by a sepa 
rate like envelope processor and single sideband modu 
lator prior to application to delay network 186. 
Referring now to HO. 6, there is shown the fre 

quency distribution of the LT, and Ln signals, the for 
mer being recorded as a regular audio signal and the 
latter being recorded as single sideband modulation 
with carrier C in the “left” channel of the record 
groove. The total bandwidth extends from about 30 Hz 
to 35 KHz. The distribution of' the frequency compo 
nents of the right channel signal is identical to that 
shown for the left channel. Thus, the resulting disc has 
a pair of matrix-encoded composite signals recorded at 
baseband, and a pair of carriers single sideband modu 
lated with differently encoded but related composite 
signals, the relationship between the coding of the two 
sets of composite signals being such that upon replay 
and decoding, the resulting two sets of four output sig 
nals each when combined produce four discrete signals 
corresponding to the input signals applied to the encod 
ers. 

In a preferred embodiment of a four-channel record 
reproducing system arranged according to the present 
invention, as shown in FIG. 7, a two-channel disc pho 

. nograph pickup transducer 210 includes a stylus 212 
that responds to the modulations in the groove of a re 
cord disc recorded in the above-described manner to 
supply the LT, signal and the L” single sideband signal 
with carrier, and the RT, signal together with the R1, 
single sideband signal with carrier, along a pair of con 
ductors 214 and 216, respectively, to a pair of pream 
plifiers 218 and 220, respectively. The stereophonic 
pickup has a good frequency response up to the highest 
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frequency of interest of the modulated carrier recorded 
on the record,namely, up to about 35 KHz. The output 
signal from preampli?er 218 is applied in parallel to a 
low-pass ?lter 222 designed to transmit audio frequen 
cies up to a frequency fl which is at or near the upper 
frequency of the baseband signals being reproduced, 
and to a high-pass ?lter 224 designed to transmit fre 
quencies above the frequency f2 which, typically, in 
cludes a part of the carrier and all of the upper side 
band of the modulated signal. The signal from pream 
pli?er 220 is likewise applied in parallel to a low-pass 
?lter 226 and a high-pass ?lter 228, each having char 
acteristics corresponding to the characteristics of just 
described ?lters 222 and 224, respectively. 
The signals transmitted by low-pass ?lters 222 and 

226, namely, Ln and R“, are applied to the input ter 
minals 70 and 72, respectively, of a decoder 230, hav 
ing the con?guration illustrated in FlG. 3, which de 
codes the composite signals in the manner described 
earlier to produce at the four output terminals thereof 
the signals L'?, L'M, R'bl and R',, containing the signal 
components depicted by phasor groups 94, 96, 98 and 
100, respectively (FIG. 3). 
The output signals from high-pass ?lters 224 and 228 

are applied to respective detectors 232 and 234 which 
are operative to detect the modulation on the carriers 
and recover the original encoded composite signals L7-z 
and R1,, respectively. The output signals LR and Rm 
from the detectors are applied to input terminals 102 
and 104, respectively, of a second decoder 236, having 
the con?guration illustrated in FIG. 4, which is opera 
tive to decode the composite signals in the manner ear 
lier described to produce at its four output terminals 
the signals L'”, L'bz, R’bz and R',, containing the signal 
components depicted by phasor groups 130 and 132, 
respectively (FIG. 4). 
The signals at corresponding output terminals of de 

coders 230 and 236 are then summed at respective 
summing junctions 238, 240, 242 and 244, in the man 
ner described earlier in connection with FIGS. 3 and 4, 
to yield at the output conductors 246, 248, 250 and 
252 four discrete signals L,, L», Rb and R,, respectively. 
These four signals may then be applied, with or without 
further ampli?cation, to four separate loudspeakers 
(not shown) positioned at the left front, left back, right 
back and right front corners, respectively, of a listening 
area to reproduce sounds corresponding in every way 
to the original signals applied to the encoders to pro 
vide completely independent transmission of the four 
channels. ' 

It will have become evident that a disc record re 
corded in accordance with the invention, and the re 
producing apparatus illustrated in FIG. 7, offer the im 
portant advantage that the record can be satisfactorily 
reproduced with other existing types of playback 
equipment, and that the reproducing apparatus is capa 
ble of reproducing existing records recorded in other 
modes. Considering the record ?rst, as has been men 
tioned earlier, it can be replayed on a conventional ste 
reophonic phonograph because of the presence in the 
encoded baseband signals of all left and right front sig 
nals so encoded as to provide a satisfactory stereo 
phonic presentation on two loud-speakers. The record 
can also be replayed on existing stereo-quadraphonic 
playback apparatus of the kind illustrated in aforemen 
tioned application Ser. No. 124,135 which includes a 
single matrix decoder having the construction ‘illus 
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trated in FIG. 3 and capable of decoding the composite 
baseband signals to derive four output signals in which 
the L,, L,,, R, and R, signals are respectively predomi 
nant. It follows that the record can also be reproduced 
on a stereo-quadraphonic logic decoder of the kind 
also illustrated in application Ser. No. 124,135 which 
includes in addition to a matrix decoder, separate gain 
control ampli?ers for the four output signals from the 
decoder and a logic and control circuit operative in re 
sponse to the signals instantaneously present to adjust 
the gains of the ampli?ers to enhance channel separa 
tion and thus the realism of four channel reproduction. 
Conversely, a conventional stereophonic record will 

be satisfactorily reproduced on the playback apparatus 
of FIG. 7; in this case the “left” and “right” signals are 
transduced and simply passed by low-pass ?lters 222 
and 226 to the input terminals of decoder 230 which, 
because of the direct connections (except for the refer 
ence phase shift) of the input terminals to the left-front 
and right-front output terminals, will deliver them to 
the appropriate loudspeakers. Likewise, existing 
stereo-quadraphonic records recorded in accordance 
with the teaching of application Ser. No. 124,135 (i.e., 
using an encoder of the kind shown in FIG. 1), and 
being distributed by Columbia Records, when replayed 
on the apparatus of FIG. 7 will produce at the output 
terminals of decoder 230 four output signals in which 
Ly‘, Lb, R, and Rh signals are respectively predominant. 
Although not required for playback of records re 

corded in accordance with the present invention, the 
capability of the playback apparatus of FIG. 7 to repro 
duce existing stero-quadraphonic records may be ex 
tended by further including gain control amplifiers 260, 
262, 264, and 266 in the output lines 246, 248, 250 and 
252, respectively, and logic and control circuitry 268 
of the kind shown in application Ser. No. 124,135 for 
example, for adjusting the gains of the ampli?ers to en 
hance channel separation. The logic and control circuit 
is operative in response to signals derived from decoder 
230 to deliver appropriate control signals to the control 
electrodes of the gain control ampli?ers. 
Inasmuch as the just-described logic control is de 

sired only when replaying existing stereo-quadraphonic 
records on which the encoded signals are recorded at 
baseband, the system of FIG. 7 further includes means 
fpr automatically disabling the logic circuit 268 when 
a record according to the present invention is being 
played and for activating the logic when the existing 
type of stereo-quadraphonic record is being played. To 
this end, the output terminals of high pass ?lters 224 
and 228 are connected to the input terminals of respec 
tive isolating ampli?ers 270 and 272, the output signals 
from which are recti?ed in respective recti?ers 274 and 
276. The signals delivered by the recti?ers are summed 
in a summing or combining junction 278, the output of 
which is connected through the actuating coil 280 of a 
relay 282. The contact 284 of the relay is connected in 
series with suitable circuitry within logic and control 
circuit 268 which is operative when the contact is 
closed to actuate the logic. Thus, if an existing type of 
stereo-quadraphonic record is being played, the ab 
sence of any significant carrier signal output from ?l 
ters 224 and 228 will cause the relay contact to remain 
closed and the logic to function in the manner de 
scribed earlier. 
However, when a record according to the present in 

vention is played, the ampli?ed and recti?ed carrier 
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signals passed by ?lters 224 and 228 cause suf?cient 
current to flow in relay coil 280 to open the contact 
284 and disable the logic to prevent application of vari 
able control signals to the gain control ampli?ers 260 
and 266 and instead establish a constant bias on the 
amplifiers so that they function as ?xed gain ampli?ers. 
In this case, then, the two decoders operate in the man 
ner described earlier to produce discrete or indepen 
dent output channels L,, L,,, R‘, and R, at the output ter 
minals of the respective ampli?ers. 

It will be evident to ones skilled in the art that the de 
scribed carrier-actuated relay may be re?ned by the 
use of tuned circuits to avoid operation of the relay 
merely by surface noise or extraneous signals that may 
be present in the record. Also, it is advisable to design 
the recti?ers 274 and 276 to have attack and release 
time constants to preclude actuation of the relay by 
spurious pulses that may be found on the record. It will 
be evident, too, that the described carrier-actuated 
switch may also be used to adjust the gain of amplifiers 
260, 262, 264 and 266 in a predetermined manner so 
as to accomodate the level of response of the system to 
the needs of the various types of records that may be 
played. 
Although the invention has been described as utiliz 

ing combinations of encoders and decoders of specific 
design, it is possible to modify the encoders, for exam 
ple, without changing the decoders, and vice versa, and 
still realize the bene?ts of the invention. For example, 
by switching the switches S1 and S2 in the encoders of 
FIGS. 1 and 2 to the other contact from that shown, the 
full left-front and right-front signals are caused to by 
pass their respective dJ-networks and are applied di 
rectly to an input terminal of summing junction 34 and 
38 (FIG. 1) or 58 and 62 (FIG. 2), respectively. The L,, 
and R, signals are applied (in the case of the FIG. 1 en 
coder) to summing networks 22 and 26, ill-networks 30 
and 32 and summing junctions 34 and 38, as before. 
The effect of this modi?cation is illustrated in the 

phasor diagrams 42 and 44 associated with FIG. 1 and 
in phasor diagrams 64 and 66 associated with FIG. 2. 
Considering the phasor diagrams 42 and 44, it is seen 
that when the L, and R, signals by-pass their respective 
ill-networks 24 and 28, these phasors L, and R,in effect 
are moved in a leading direction by the phase angle 
#:(f), which for a given frequency may introduce the il 
lustrated phase shift ill". Since the ill-functions in all of 
the ip~networks are substantially the same, the resulting 
phasors L’, and R’, in phasor groups 66 and 68, there 
fore remain in the same relative phase relationship with 
respect to each other, but are shifted relative to the 
phasors 0.707Rb and 0.707L,, in said phasor groups, the 
latter two sets of phasors, however, being unaffected. 
This seemingly minor modi?cation provides signi? 

cant improvement in certain recording environments. 
For example, a “center total” signal applied equally to 
all of the input terminals l4, l6, l8 and 20 of the en 
coder of FIG. 1 with the switches in the positions illus 
trated would if applied directly to a four-channel repro 
duction system, appear as an overhead signal; thus, a 
corresponding signal recorded for two-channel stereo 
phonic reproduction should appear as a generally cen 
ter signal in the stereophonic ?eld. However, with the 
unmodi?ed FIG. 1 encoder it can be shown that a “cen 
ter total" signal at input terminal 14 is characterized by 
the addition of the three fundamental phasors Lb, 
O.707R,,, and 0.707Lb which results in a relatively large 
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“center total” signal in the “left" channel. Similarly, at 
the output terminal 40 the “center total” signal is made 
up of the phasor sum of the three basic signals Rf, 
0.707Rb and —0.707L,,, which is smaller than that ap 
pearing at output terminal 36. Thus under the circum 
stances mentioned above, instead of obtaining two sig 
nals of generally equal magnitudes, the encoder of FIG. 
1 (unmodi?ed) produces two composite signals of gen 
erally unequal magnitudes. 

‘ By-passing the ill-networks 24 and 28 (by switching 
switches S1 and S2 to the other position) in essence in 
troduces a differential reference function tb" between 
the front signals L, and R; and the rear signals Rb and 
Lo. Therefore, the phasors corresponding to these sets 
of signals are positioned differently with respect to 
each other at different frequencies, resulting in an ac 
tion similar to that of a combv ?lter in equalizing the 
magnitudes of the phasors resulting from application of 
a “center total” signal equally to all four input termi 
nals of the encoder. ‘ ' 7 

Referring now to the phasor diagrams in FIGS. 3 and 
4, it is seen that if all of the phasors L,, R,, 0.707L, and 
0.707R, therein are shifted in phase by the same angle 
11:", as shown in FIGS. 1 and 2, their relative position 
in the phasor groups will be changed with respect to the 
phasors L,,, R,,, 0.707Lb and 0.707Rb by the same phase 
angle ill", but since all of the phasors will have been 
shifted simultaneously (as shown by the dashed line 
phasors) by the same angle ill" (omitted for clarity in 
FIGS. 3 and 4), the positions of the phasors L,, R,, 
0.707L, and 0.707R, are relatively unchanged. Because 
of this relatively unchanged position of these phasors, 
when the two sets of four output signals appearing at 
output terminals of the FIG. 3 and FIG. 4 decoders are 
summed together in the manner shown in FIG. 7, the 
transferred signal components 0.707 L, and 0.707Lb 
will still cancel each other. Therefore, the illustrated 
modi?cation of the encoder will not interfere with the 
operation of the overall system. The essential criteria 
is that the coding sequences of the two pairs of encoded 
signals be complementary so as to permit positioning 
for cancellation of the unwanted signals when the two 
sets of decoded signals are added together or otherwise 
respond to the theory described in connection with 
equations (1 )-(8).v 
Although the recording and playback apparatus de 

scribed above utilize the single sideband modulation 
principle, other types of modulation can be used to 
modulate the carrier. For example, it is possible to use 
conventional (double sideband) amplitude modulation, 
in which the carrier would be placed at about 35 KHz 
with the sidebands extending from 20 to 50 KHz. Also, 
frequency or phase methods of modulation, or other 
forms of modulation, could be used without departing 
from the spirit of the invention. 

it should also be noted that the switchable encoder 
arrangement shown in FIG. l,for example, may be used 
to record stereo-quadraphonic records of the existing 
type (non-carrier) in the manner described in afore 
mentioned application Ser. No. 124,135. 
Furthermore, the method and apparatus disclosed 

herein is equally applicable to the transmission of dis 
crete independent channels over suitable broadcasting 
facilities, while retaining all the bene?ts of the compati 
ble quadraphonic matrix system herein described. The 
implementation of this method is carried out, for exam 
ple, by encoding the four channels with the encoder of 
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FIG. 1 for transmission over the broadcasting channels 
which are received by conventional stereophonic re 
ception systems, e.g., an F.M.-multiplex receiver, and 
by encoding again the four channels using the encoder 
of FIG. 2 for transmission on two additional channels 
or sub-carriers which are received by an auxiliary re 
ceiver circuit. Upon detection and rematrixing in a 
manner similar to that shown in FIG. 7 four discrete 
output signals are produced. Other modifications of 
this alternative application of the invention will be evi— 
dent to those skilled in the art. 

I claim: 
1. A sound system for transmitting four input audio 

information signals designated L;, L», R,, and R, on a 
transmission medium having first and second channels 
each of which has a baseband frequency channel and 
a modulated carrier channel and for reproducing corre 
sponding substantially identical audio information out 
put signals, comprising, incombination, an encoder 
and a decoder, said encoder comprising 
means for coupling to said ?rst channel of said me 
dium a ?rst combined signal containing a ?rst com 
posite signal at baseband frequency containing said 
LI, Lb and R,, signals to the extent they are present 
and a carrier signal modulated by a second com~ 
posite signal containing said L,, LL, and RD signals, 
the La and R, signals in said first composite signal 
being in phase opposition with corresponding sig— 
nals in said second composite signal, and 

means for coupling to said second channel of said 
medium a second combined signal containing a 
third composite signal at said baseband frequency 
containing said R’, L, and R1, signals to the extent 
they are present and a carrier signal modulated by 
a fourth composite signal containing said RI, L‘, and 
Rb signals, the L,, and Rh signals in said third com 
posite signal being in phase opposition with the 
corresponding signals in said fourth composite sig 
nal, and 

said decoder comprising 
?lter means for separating said first and said third 
composite signals at baseband frequency from the 
modulated carrier signals in each of said ?rst and 
second combined signals, . 

first and second detector means for respectively de 
tecting the modulation from the modulated carrier 
signals from said first and second combined signals 
and operative to derive said second and fourth 
composite signals, respectively, 

first decoding means to which said separated ?rst and 
third composite signals are applied, 

second decoding means to which said derived second 
and fourth composite signals are applied, 

said ?rst and second decoding means each being op 
erative in response to the signals applied thereto to 
derive four output ‘signals respectively containing 
dominant signal components Li, R], L,, and Rh each 
accompanied by sub-dominant signals, and 

means for combining the four output signals from 
said first decoding means with the corresponding 
four output signals from said second decoding 
means and operative to cancel said sub-dominant 
signals and to produce four discrete output signals 
L], Lb, Rb and R]. 

2. A sound system according to claim 1 wherein said 
L, and Rh signals in said ?rst and second composite sig 
nals are substantially in quadrature with the Lb and Rh 
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signals in said third and fourth composite signals, re 
spectively. 

3. A sound system according to claim 2 wherein the 
amplitudes of said L, and Rh signals in said composite 
signals are reduced by a factor of approximately 0.707 
relative to the amplitudes of said L, and R, signals. 

4. A sound system according to claim 3 wherein said 
L, and R, signals in said composite signals are substan 
tially in phase with each other. 

5. A sound system according to claim 3 wherein at 
least one of said Lb and R‘, signals is either in phase or 
in phase opposition with the dominant signal in each of 
said ?rst, second, third and fourth composite signals. 

6. For use with a sound system wherein four discrete 
audio information signals designated L,, L,,, R, and R, 
to the extent they are present are recorded or transmit 
ted on first and second channels of a two-channel me 
dium each channel of which has a baseband frequency 
channel and a modulated carrier channel as first and 
second combined signals, respectively, the ?rst com 
bined signal containing a first composite signal at base 
band frequency containing said L], Lb and R1, signals 
and a carrier signal modulated by a second composite 
signal containing said L,, L, and R, signals, the Lb and 
RD signals in said ?rst composite signal being in phase 
opposition with corresponding signals in said second 
composite signal, and the second combined signal con 
taining a third composite signal at baseband frequency 
containing said R,, L, and R,, signals and a carrier signal 
modulated by a fourth composite signal containing said 
R,, L,, and Rh signals, the L, and Rh signals in said third 
composite signal being in phase opposition with the 
corresponding signals in said fourth composite signals, 
a decoder for recovering said four audio information 
signals comprising, in combination, 

?lter means for separating said ?rst and third com 
posite signals at baseband frequency from the mod 
ulated carrier signals in each of said ?rst and sec 
ond combined signals, 

?rst and second detector means for respectively de 
tecting the modulation from the modulated carrier 
signals from said ?rst and second combined signals 
to derive said second and fourth composite signals, 
respectively, 

?rst decoding means to which said separated first and 
third composite signals are applied, 

second decoding means to which said derived second 
and fourth composite signals are applied, 

said ?rst and second decoding means each being op 
erative in response to the signals applied thereto to 
derive four output signals respectively containing 
dominant signal componentslq, R;, L, and Rh each 
accompanied by sub-dominant signals, and 

combining means for combining the four output sig 
nals from said ?rst decoding means with the corre 
sponding four output signals from said second de 
coding means and operative to cancel said sub 
dominant signals and to produce four discrete out 
put signals L,, L,,, Rb and RI. 

7. Apparatus in accordance with claim 6 wherein said 
?lter means comprises ?rst and second low-pass filters 
each having a cutoff frequency at approximately the 
highest baseband frequency for respectively transmit 
ting said ?rst and third composite signals at baseband 
frequency, and 

?rst and second high-pass filters each having a cutoff 
frequency at approximately-the carrier frequency 
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for respectively transmitting the modulated carrier 
signals in said ?rst and second combined signals. 

8. Apparatus according to claim 7 wherein said car 
rier signals are amplitude modulated and said first and 
second detector means are amplitude modulation de 
tectors respectively connected to receive the signals 
transmitted by said ?rst and second high-pass filters. 

9. Apparatus in accordance with claim 8 further in 
cluding ?rst, second, third and fourth gain control 
means to which the four output signals from said com 
bining means are respectively applied, 

control circuit means operative in response to said 
separated ?rst and third composite signals to selec 
tively control the gains of said gain control means, 
and 

means operative in response to the presence of car 
rier signals at the outputs of said ?rst and second 
high-pass ?lters to disable said control circuit, 

10. A method for recording four audio information 
input signals on a two-channel stereophonic disc re 
cord, and for reproducing said four audio information 
signals as discrete signals, comprising, 
encoding said four input signals by combining them 

in preselected amplitude and phase relationships to 
form ?rst and second composite signals at base 
band frequency each including at least three of said 
input signals, 

encoding said four input signals by combining them 
in preselected amplitude and phase relationships to 
form third and fourth composite signals said third 
and fourth composite signals respectively including 
the same at least three of said input signals as are 
included in said ?rst and second composite signal, 

modulating ?rst and second carrier frequency signals 
with said third and fourth composite signals, re 
spectively, 

recording said ?rst composite signal at baseband fre 
quency and said ?rst modulated carrier signal on 
one channel of a stereophonic disc record and re 
cording said second composite signal at baseband 
frequency and said second modulated carrier signal 
on the other channel of said stereophonic disc re 
cord; 

transducing from the stereophonic disc record first 
and second combined signals recorded on the re 
spective channels thereof, 

separating said ?rst and third composite signals at 
baseband frequency from the modulated carrier 
signals in each of said ?rst and second combined 
signals, 

detecting the modulation from the separated modu 
lated carrier signals to derive said second and 
fourth composite signals, respectively, 

decoding said separated ?rst and third composite sig 
nals to produce a ?rst set of four composite output 
signals containing dominant signal components 
corresponding to respective ones of said four input 
signals each accompanied by sub-dominant signals, 

decoding said derived second and fourth output sig 
nals to produce a second set of four composite out 
put signals containing dominant signal components 
corresponding to respective ones of said four input 
signals each accompanied by the same sub 
dominant signals as accompany corresponding 
ones of the four output signals resulting from de 
coding said ?rst and third composite signals but in 
phase relationships such that the sub-dominant sig 
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nal components contained in the four output sig 
nals of the ?rst set are in phase opposition with cor 
responding sub-dominant signal components con 
tained in corresponding ones of the four output sig 
nals of the second set, and _ 

combining the four output signals of said first set with 
the corresponding four output signals of said sec 
ond set for canceling said sub-dominant signals and 
producing four discrete output signals correspond 
ing to respective ones of said four input signals. 

1 1. In a sound system for transmitting a multichannel 
program including ?rst, second, third and fourth pro 
gram signals to the extent they are present to respective 
separate loudspeakers on a transmission medium hav 
ing ?rst and second channels each of which has a base 
band frequency channel and a modulated carrier chan 
nel, the combination comprising: 

?rst and second matrix encoders each having ?rst, 
second, third and fourth input terminals to which 
said ?rst, second, third and fourth signals are re 
spectively applied and ?rst and second output ter 
minals, each said encoder including 

means connected between said ?rst and fourth input 
terminals and said first and second output termi 
nals, respectively, operative to transfer substan 
tially equal amplitude proportions of said ?rst and 
fourth signals to said ?rst and second output termi 
‘nals, respectively, and , 
means connected between both said second and 

third input terminals and both said ?rst and sec 
ond output terminals operative to transfer sub 
stantially equal reduced amplitude proportions 
of said second and third signals to both of said 
?rst and second output terminals and including 
phase-shifting networks operative to provide a 
substantially constant differential phase-shift 
angle between said second and third signals at 
said output terminals over the frequency range of 
interest; 

?rst means for coupling to the ?rst channel of said 
transmission medium a first combined signal con 
taining a ?rst composite signal from the ?rst output 
terminal of said ?rst matrix encoder at baseband 
frequency and a carrier signal modulated by a sec 
ond composite signal from the ?rst output terminal 
of said second matrix encoder; and 

second means for coupling to the second channel of 
said transmission medium a second combined sig 
nal containing a third composite signal from the 
second output terminal of said ?rst matrix encoder 
at baseband frequency and a carrier signal modu 
lated by a fourth composite signal from the second 
output terminal of said second matrix encoder. 

12. Apparatus according to claim 11 wherein said 
differential phase-shift angle has a value of substan 
tially 90° and said second signal at one of the output 
terminals of each of said matrix encoders leads said 
second signal at the other output terminal of the re 
spective matrix encoder and said third signal at said 
one output terminal of each encoder lags said. third sig 
nal at the other output terminal of the respective matrix 
encoder. 

13. Apparatus in accordance with claim 12, wherein 
said second and third signals in said ?rst and third com 
posite signals are substantially in phase opposition with 
the second and third signals in said second and fourth 
composite signals, respectively. 
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14. Apparatus in accordance with claim 13, wherein 

said ?rst and second signals in said ?rst, second, third 
and fourth composite signals are substantially in phase 
with each other. 

15. Apparatus in accordance with claim 14,,wherein 
the amplitudes of said second and third signals in said 
composite signals are reduced by a factor of substan 
tially 0.707 relative to the amplitudes of said ?rst and 
second signals. 

16. in a sound system for transmitting or recording 
four discrete audio information signals designated L,, 
L,,, R, and R, on a transmission or recording medium 
having ?rst and second channels each of which has a 
baseband frequency channel and a modulated carrier 
channel wherein first and second combined signals 
containing predetermined matrixed combinations of 
said four audio information signals are applied to the 
first’and second channels of said medium, respectively, 
and including means for deriving from said ?rst and 
second combined signals ?rst and second sets of four 
output signals, corresponding ones in each set contain 
ing dominant signal components L,, R,, L, and Rh each 
accompanied by sub-dominant signals, and means for 
combining the four output signals of the ?rst set with 
the corresponding four output signals of the second set 
to produce four discrete output signals L,, L», R,, and 
R’, transmitting or recording apparatus, comprising: 
means including matrix encoding means for coupling 

- to said ?rst channel of said transmission or record 
ing medium a ?rst combined signal containing a 
?rst composite signal at said baseband frequency 
containing said L;, L, and RI, signals to the extent 
they are present and a carrier signal modulated by 
a second composite signal containing said Lg Lo 
and R, signals, the L, and R, signals in said first 
composite signal being in phase opposition with the 
L0 and Rh signals in said second composite signal, 
and 

means including said matrix encoding means for cou 
pling to said second channel of said transmission or 
recording medium a second combined signal con 
taining a third composite signal at said baseband 
frequency containing said R,, L, and 'Rh signals and 
a carrier signal modulated by a fourth composite 
signal containing said R,, L, and Rb signals, the L, 
and Rb signals in said third composite signal being 
in phase opposition with the L, and R,, signals in 
said fourth composite signal. 

17. Apparatus according to claim 16, wherein said L, 
and Rh signals in said ?rst and second composite signals 
are substantially in quadrature with the L‘, and Rb 
signals in said third and fourth composite signals, re 
spectively, and the L0 and Rh signals in said ?rst and 
third composite signals are substantially in phase oppo~ 
sition with the L, and R, signals in said second and 
fourth composite signals, respectively. 

' 18. Apparatus according to claim 17, wherein said L, 
and R, signals in said ?rst, second, third and fourth 
composite signals are substantially in phase with each 
other. . 

19. Apparatus in accordance with claim 18, wherein 
the amplitudes of said L, and RD signals in said ?rst, 
second, third and fourth composite signals are reduced 
by a factor of substantially 0.707 relative to the ampli 
tudes of said L, and R, signals. 
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