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[5 7] ABSTRACT 
In a multi-channel sound system, decoding apparatus 
for deriving from two composite signals transduced 
from a two-track record- medium a plurality (e.g., 
four) of separate sound signals contained in the com 
posite signals for presentation on respective loud 
speakers to give the listener the illusion of sound com 
ing from a corresponding number of separate sources. 
Typically, the two composite signals respectively con 
tain signal components intended for presentation on 
loudspeakers positioned at the left front and right 
front comers of a listening area, and both composite 
signals contain signals intended for presentation on 
loudspeakers positioned at the left back and right 
back comers of the listening area, with the left back 
and right back signals in one composite signal in sub 
stantially quadrature relationship with corresponding 
signals in the other. The decoder includes all-pass 
phase-shifting networks designed to transmit all fre 
quencies in the frequency range of interest which are 
operative to shift the phase of one of the composite 
signals relative to the other by an angle to cause corre 
sponding signals in the relatively phase-shifted com 
posite signals to be either in phase or in phase opposi 
tion and networks for combining the relatively phase 
shifted composite signals to derive the four separate 
sound signals. 

25 Claims, 9 Drawing Figures 
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MATRIX DECODERS FOR QUADRAPHONIC 
SOUND SYSTEM 

This is a continuation-in-part of application Ser. No. 
185,050 ?led on Sept. 30, 1971, now U.S. Pat. No. 
3,813,494, which in turn is a division of now aban 
doned application Ser. No. 44,224 ?led June 8, 1970, 
and of application Ser. No. 118,271 ?led on Feb. 24, 
1971, now US. Pat. No. 3,784,744 and of application 
Ser. No. 124,135 ?led Mar. 15, 1971, all in the name 
of Benjamin B. Bauer. 

CROSS-REFERENCE TO OTHER APPLICATIONS 
This invention is related to the subject matter of the 

following other co-pending applications, all of which 
are assigned to the assignee of the present invention 
and application: Ser. No. 164,675 ?led July 21, 1971 
as a continuation-in-part of now abandoned application 
Ser. No. 40,510 ?led May 26, 1970; Ser. No. 44,196 
?led June 8, 1970, now US. Pat. No. 3,708,631; Ser. 
No. 155,976 ?led June 23, l97lnow U.S. Pat. No. 
3,798,373; and Ser. No. 328,814 ?led FEEB. 10, 1973 
now abandoned. 

BACKGROUND OF THE INVENTION 
There is an increasing interest in multiple-channel 

recording and reproduction because of the variety of 
sounds and music fonns that can be achieved thereby. 
The modern stereophonic phonograph is capable of re 
cording, or encoding, modulation along two separate 
channels, and it is usual practice to include a third, or 
center, channel by “matrixing” or combining it as an 
in-phase phantom channel with the other two, which 
causes it to be recorded as lateral modulation parallel 
to the record surface. Upon reproduction, the third (or 
center) channel appears on the two loudspeakers of the 
stereophonic phonograph, with equal loudness and in 
phase relationship, and an observer placed centrally 
between the loudspeakers perceives the illusion of the 
third channel being located between the other two. The 
fourth, or vertical, channel when reproduced on a con 
ventional two-loudspeaker stereophonic phonograph 
gives the illusion of “unlocalized” sound. Although 
there have been attempts to reproduce the third or cen 
ter channel on a separate loudspeaker, the results have 
not been entirely satisfactory, and most stereophonic 
systems, even though many stereo records carry a 
“center" channel, employ only two loudspeakers. 

In the aforementioned co-pending application Ser. 
No. 164,675 of William S. Bachman, there is described 
a system for providing third and fourth playback chan 
nels to otherwise two-channel systems by feeding third 
and fourth loudspeakers with signals respectively rep 
resenting the sum and difference between the left and 
right channel signals. The left and right loudspeakers 
may be located, for example, on opposite sides of a lis 
tening area, with the loudspeakers for the two virtual 
channels positioned at opposite ends of the listening 
area. Each loudspeaker displays the particular infonna 
tion fed to its channel accompanied by half-power sig 
nals from its adjacent channels. This system provides a 
pseudo-four-channel effect, but does not give a com 
plete illusion of each channel appearing independently 
on its corresponding loudspeaker. 
A better illusion of each channel appearing indepen 

dently on its corresponding loudspeaker is provided by 
the system described in the above-mentioned US. Pat. 
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2 
No. 3,708,631 which includes four gain control ampli 
?ers through which the four separate channels of infor 
mation are respectively applied to corresponding loud 
speakers, and a logic control circuit which derives its 
signals from the “left” and “right” output terminals of 
the transducer for automatically controlling the gain 
control ampli?ers to enhance the realism of four sepa 
rate channels of information. While this system has 
some drawbacks, it provides a signi?cant improvement 
in the art of reproduction of multi-channel sound. 

In stereophonic practice the two loudspeakers are 
normally placed in two adjacent corners of the listening 
area, and it is conventional in the reproduction of four 
channel recordings to have the four sources originate 
from the four corners of the listening area. However, 
the systems described in the aforementioned co 
pending application Ser. No. 164,675 and US. Pat. No. 
3,708,631 are designed to preserve symmetry with 
loudspeakers placed centrally of the four walls of the 
listening room. If the loudspeakers were placed in the 
corners, the aspect of the originally recorded sound 
would be shifted by 45°, causing an inconsistency con 
fusing to the listener. Also, since there are practical dif 
?culties in ?nding suitable locations for loudspeakers 
centrally of the walls in most homes, it is preferable 
that the reproducing system permit the placement of 
the loudspeakers at the corners of the listening room. 

SUMMARY OF THE INVENTION 

A general object of the present invention is to pro 
vide methods and apparatus for combining four chan 
nels of program information, edited for presentation on 
four loudspeakers placed at the comers of a listening 
area, into two composite signals suitable for presenta 
tion over the two loudspeakers of stereophonic play 
back apparatus which at the same time will admit of de 
coding into four separate signals corresponding to the 
four signals originally encoded, for presentation on cor 
responding sound-reproducing devices. The four chan 
nels of information for convenience identi?ed as L; for 
“left front”, Rffor “right front”, L,, for “left back” and 
R, for “right back”, are combined to form two compos 
ite signals LT (left total) and R1 (right total) having the 
following characteristics: 

1. The L; signal appears only in the LT composite sig 
nal and the R, signal appears only in the RT composite 
signal; thus the front signals are completely isolated 
from each other. When LT and RT are applied to a ste 
reophonic cutter, L; produces a 45° modulation, while 
R, produces a —45° modulation, precisely as with con 
ventional stereo. 

2. The left back (Lb) signal appears in both the L1 
and RT composite signals at reduced amplitude, 0.707 
in the preferred embodiment, and in quadrature with 
each other, with the L, component in the LT composite 
signal preferably leading thelcorresponding signal in 
the R1 signal. This causes a stereophonic cutter stylus 
to described a circular motion in the clockwise direc 
tion, which when combined with the lengthwise motion 
of the groove becomes a clockwise helix. 

3. The right back (Rb) signal also appears in both the 
LT and RT composite signals at reduced amplitude, 
0.707 Rb in the preferred embodiment, and in quadra 
ture with each other. The R‘, component in the RT sig 
nal leads the corresponding component in the L1 signal 
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which causes the cutter stylus to describe a circular 
motion in the counterclockwise direction. 
A more speci?c object of the present invention is to 

provide decoding apparatus for deriving the four origi 
nal signalsfrom the two composite signals. The de 
coder includes all-pass phase-shifting networks de 
signed to transmit all frequencies in the audio fre 
quency range of interest which are operative to shift 
the phase of one of the composite signals relative to the 
other by an angle of substantially 90° to cause corre 
sponding signals in the two composite signals to be ei 
ther in phase or in phase opposition. The relatively 
phase-shifted composite signals are selectively com 
bined to derive a pair of output signals respectively 
containing the “left back” and “right back” signals as 
predominant components, and the composite signals, 
in which the “left front” and “right front” signals are 
respectively predominant, constitute the other two out 
put signals. - 

BRIEF DESCRIPTION OF THE DRAWING 

An understanding of the foregoing and additional as 
pects of this invention may be gained from consider 
ation of the following detailed description, taken in 
conjunction with the accompanying drawing, in which: 

FIG. 1 is a schematic diagram of an encoder for com 
bining a plurality of independent signals intended for 
ultimate display on four separate loudspeakers; 
FIG. 2 is a diagram useful in explaining the operation 

of the circuit of FIG. 1; 
FIG. 3 is a schematic diagram of one form of matrix 

decoder embodying the invention; 
FIG. 4 is a plan view of a listening area illustrating the 

location of four loudspeakers therein and the phasor 
diagrams of the signals appearing thereat; 
FIG. 5 is a schematic diagram of another form of ma 

trix decoder according to the invention; 
FIG. 6 is a schematic diagram of still another form of 

matrix decoder according to the invention; 
FIG. 7 is a diagram useful in explaining the operation 

of the decoder of FIG. 6; 
FIG. 8 is a schematic diagram of another embodi 

ment of matrix encoder embodying the invention; and 

FIG. 9 is a diagram useful in explaining the operation 
of the decoder of FIG. 8. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

Referring now to FIG. 1, there is schematically illus 
trated one form of encoding apparatus for combining 
four independent signals, intended for ultimate display 
on four separate loudspeakers, into two composite sig 
nals for recording or transmission on a two-track me 
dium, such as a stereophonic disc record or a two-track 
tape. The encoder has four input terminals 40, 42, 44 
and 46 for respectively receiving four separate signals 
which, for convenience, are designated left front (LI), 
left back (L,,),'right back (R1,) and right front (R1), the 
locations in a listening area of the four loudspeakers on 
which the signals are intended for ultimate presenta 
tion. These signals are represented by vertical arrows 
of equal length which signify, for purposes of the analy 
sis to follow, that the input signals are assumed to be of 
equal magnitude and referred to the same phase refer 
ence. The encoder includes six all-pass phase-shift net 
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4 
works 48, 50,52, 54,56 and 58 designed, to introduce 
a substantially constant phase shift to the applied signal 
over the frequency range of interest without altering 
their magnitudes. Each of the networks has a reference 
phase shift (1!, which is a function of frequency, the two 
phase shifters 50 and 56 introducing only the reference 
phase shift. Phase shifters 48 and 58 provide ‘a phase 
shift equal to Ill + 45°, and networks 52 and 54 provide 
a phase shift equal to 41 + 90°. It is to be noted that ac 
cording to the herein used convention the phase-shift 
angles produced by the phase-shifters 48-58 are lag 
ging angles; that is, a network with a phase-shift of (1!; 
+ 90°) produces an output lagging 90° behind that pro 
duced by a network with a phase-shift of (i1: + 0°). 
The signals L; and R,, respectively identi?ed with the 

“left front” and “right front" loudspeakers, are applied 
via their respective terminals 40 and 46 through their 
associated all-pass networks 48 and 58 to respective 
summing circuits 60 and 62. The “left back” signal L1, 
is applied to both of phase-shift networks 50 and 52, 
the output signal from the former being applied to sum 
ming circuit 60 with attenuation corresponding to the 
multiplicand 0.707, and the output signal from network 
52 is applied to summing circuit 62 with the same at 
tenuation. The “right back” signal R1, is applied to both 
of phase-shift networks 54 and 56, the output signals 
from which are respectively applied with 0.707 attenu 
ation to summing circuits 60 and 62. The summing cir 
cuits 60 and 62, which are of conventional design and 
well known to ones skilled in the art, are operative to 
produce respective composite signals LT and R1 at their 
corresponding output terminals 64 and 66. These sig 
nals may be applied to the left and right terminals of a 
stereophonic disc record cutter, for example, or to the 
two recording heads of a two track tape recording ap 
paratus, or to any other known two-track medium, in 
a manner which will be apparent to ones skilled in the 
art. - 

Although the matrixing apparatus has been thus far 
described in terms of four input signals, if it is desired 
to have a signal appear centrally in the reproducing sys 
tem, a “center” signal, designated by the arrow labeled 
C, may be applied equally and in phase to terminals 40 
and 46, or to the terminals 42 and 44, or to all four ter 
minals simultaneously, as indicated by the curved ar 
rows. It will be evident that the C signal will be sub 
jected to the phase shift of those of networks to which 
it is applied, in the example of FIG. 7 to networks 
48-58 and will become part of the composite signals LT 
and RT. 
The nature of the composite signals appearing at ter 

minals 64 and 66 will be seen from the phasor diagrams 
adjacent the terminals. It is seen that each of these sig 
nals contains a predominant “front”loudspeaker signal, 
L,’ and R,', respectively, both of which are shifted in 
phase relative to input signals L; and R; by (tl: + 45°). 
The LT signal further includes signals LI,’ and R,’ at 90° 
to each other, with the L,’ signal leading, and in a 45° 
relationship with L}. The C signal appears as C’ in both 
composite signals in the same relative phase position as 
the signals L,’ and Rf’. ‘ . 
The RT signal contains the signal R;', and also the two 

signals Lb’ and R,’ at 90° to each other. It is important 
to note, however, that Lb? and R,’ are reversed in phase 
relative to their positions in the L1 signal, with R1,’ lead 
ing and signal Lb’ lagging relative to the corresponding 
signals on terminal 64. As noted earlier, however, the 
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signal C’ is again in the same relative position with re 
spect to the corresponding signal on terminal 64. 
Another signi?cant feature of the composite signals 

LT and RT is that the L,,’ signal in one of the composite 
signals is in quadrature with the Lb signal in the other, 
and that the Rb signals in the two composite signals are 
also in quadrature. ' 

Since the signals L,’ and Rf’ usually will be incoher 
ent signals, if recorded on a stereophonic disc record 
they will appear independently as separate modulations 
of the left and right channels. The signals C’ being in 
phase at both of terminals 64 and 66 will cause lateral 
modulation of the disc record. The fact that signal L,,’ 
at terminal 64 leads the L,’ at terminal 66ibyk9r0° will 
cause the stylus of a stereophoniccutter to describe a‘ 
circular motion in a clockwise direction. Similarly, be 
cause signal R,,' at terminal 64 lags behind signal R1,’ at 
terminal 66 by 90° will cause circular motion of the sty 
lus in a counter-clockwise direction. Thus, it is seen 
that the ?ve signals applied to the matrix system of FIG. 
1 may be applied to a stereophonic disc record as ?ve 
distinct types of modulations, namely, modulation of 
the left and right walls of the groove, lateral modula 
tion, and clockwise and counter-clockwise helical mod 
ulation. » 

The form of modulation on the disc record, as viewed 
from the point of view of the cutter tip, looking in the 
direction of motion of the groove, is illustrated in FIG. 
2. The L,’ signal causes motion at 45° to the horizontal, 
the R,’ signal causes motion at —45° to the horizontal, 
and the C’ signal causes lateral or horizontal modula— 
tion. These three modulations, it will be recognized, are 
identical with those which obtain in the cutting of a 
conventional stereophonic record. As a signi?cant de 
parture from conventional practice, there is, addition 
ally, clockwise circular modulation L1,, corresponding 
to the “left back” loudspeaker signal, and the counter 
clockwise circular modulation Rb, corresponding to the 
“right back” loudspeaker signal. Since the L,, and RI, 
modulations have a significant horizontal component 
(as projected on the line C) it is evident that they will 
produce equivalent signal components in the horizontal 
mode, therefore assuring full compatability with a 
monophonic phonograph player. An important advan 
tage of the just-described method of combining the 
input signals to form the two composite signals is that 
the stereophonic record or tape recorded in this man 
ner can be replayed over any stereophonic or mono 
phonic player with full and complete reproduction of 
all of the sounds recorded on the record. 
Although one form of encoding apparatus has been 

described to illustrate how the input signals are com 
bined to form the composite signals LT and RT, as back 
ground for the description to follow of apparatus for 
decoding the composite signals, the encoder may take 
a variety of forms and still produce two composite sig 
nals possessing the essential features of both containing 
both the Lb and R1, signals, with the ‘Lb and Rh signals 
in one in quadrature relationship with the correspond 
ing signals in the other, and with the L,, signal leading 
the Rb signal in one and lagging the Rb signal in the 
other. The encoder of FIG. 1 and several alternative 
embodiments are disclosed and claimed in the afore~ 
mentioned application Ser. No. 328,814. 
Referring now to FIG. 3, there is illustrated one form 

of apparatus for deriving from the two composite sig 
nals described above four separate signals for presenta 
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tion on corresponding loudspeakers. The signals LT and 
RT are derived from a stereophonic record, for exam 
ple, by a suitable transducer (e.g., a conventional ste 
reophonic pickup) and are applied to input terminals 
70 and 72, respectively, of the decoder apparatus. 
These signals are ?rst passed through respective all 
pass phase-shift networks 74 and 76, the latter provid 
ing a reference phase shift of till, and network 74 pro 
viding a phase shift of 0111+ 90°). The value of llll may 
be the same as the reference phase shift ill used in the 
encoding apparatus of FIG. 1, or it may be different, 
the principal requirement being that the reference 
phase angle #11 be the same in both networks 74 and 76. 
The signals LT" and RT" appearing at the output termi 
nals of the phase-shift networks differ from the signals 
LT and RT only in that they are displaced by 90° with 
respect to each other. This is illustrated by the phasor 
diagrams in FIG. 3 in which the phasors of the RT” sig 
nal are in the same relative position as in the RT signal, 
vbut the vectors of the LT” signal are all rotated 90° 
clockwise. Since the reference phase shifts ill, are the 
same in both networks, their relative effects have been 
disregarded in the phasor diagrams. An important con 
sequence of the 90° relative phase-shift of the two com 
posite signals is that the Lb” components in the LT" 
and RT” signals are now in phase with each other, and 
the Rb” components are in phase opposition. 
The composite signal L1", which contains L,” as its 

predominant component, is applied through an addi 
tional all-phase phase-shift network 78, which provides 
a reference phase shift 412 without changing the ampli— 
tude of the signal, and thence through a gain control 
ampli?er 80 (whose gain may be controlled by applying 
a control signal to the ampli?er) and a suitable power 
ampli?er to a loudspeaker 82. Similarly, the composite 
signal R1", in which the signal R," is predominant, is 
passed through an all-pass phase-shifter 84, designed to 
provide a phase shift of (\I12 + 90°), and then through 
gain control ampli?er 86 and a power ampli?er to loud 
speaker 88. A signal containing'the “left back” signal 
L1," as its predominant component is derived by sum 
ming the LT" and RT” signals, each after multiplication 
by the factor 0.707, in a summing circuit 90. Being in 
phase opposition, the R1,” signals are canceled, with the 
result that the L1,” signal is accompanied by L, " and 

_ Rf”, each reduced in amplitude by the factor 0.707. 

50 

55 

60 

65 

The output signal from summing circuit 90 is applied 
to an all-pass phase-shifter 92' which introduces a rela 
tive phase shift of (1112 + 90°), and thence through gain 
control ampli?er 94, and a suitable power ampli?er, to 
loudspeaker 96. To obtain the fourth output signal, 
containing the “right back” signal, R,,", as its predomi 
nant compartment the LT" and R1” signals are 
summed in a similar summing circuit 98 after multipli 
cantion by the factors 0.707 and —0.707, respectively, 
whereby the L1," signals are canceled and the Rb” sig 
nal is accompanied by reduced amplitude signals R," 
and L,". This sum (really difference) signal is passed 
through phase-shift network 100, which provides a ref 
erence phase shift $2, and is then applied to gain con 
trol ampli?er 102 and thence through a power ampli 
?er to loudspeaker 104. 
The gains of ampli?ers 80, 94, 102 and 86 may be 

controlled by a control and switching logic 106 in re 
sponse to signals derived from the output terminals of 
phase-shifters 74 and 76 in the manner described in the‘ 

_ aforementioned US. Pat. No. 3,708,631 or in US. Pat. 
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No. 3,7 84,744. Brie?y, the control and switching logic 
106 is operative to recognize the channel or channels 
having the dominant signal among L,", R,", L," and 
RD", and applies control signals to the gain control am 
pli?ers which increase-the gain of the channel or chan 
nels containing the instantaneously dominant signal or 
signals and to reduce the gain of the other channels to 
give a substantially perfect illusion of four separate in 
dependent sources of sound. As the sound diminishes 
in the channel ?rst identi?ed and another sound ap 
pears on a different channel, the logic circuit functions 
to rapidly attenuate the gain in the ?rst channel and to 
increase the gain in a different channel. . 

It should be mentioned that the all-pass phase 
shifters employed in the circuits of FIGS. 1 and 3 may 
be of any design that will provide the relatively con 
stant angular differences speci?ed in the drawing. Usu 
ally, the function I!) should be as small as possible, con 
sistent with the provision of the necessary differential 
phase shift. The phase-shift function should be smooth, 
without any rapid changes of phase angles as a function 
of frequency, as such rapid changes might cause 
changes in the timbre of the sound being recorded and 
/or reproduced. It should also be noted that the sense 
of rotation of the respective helical modulations can be 
reversed in the recording process by inverting the rela 
tive phase shifts of the L, and R1, signals in the encoder 
of FIG. 1. This would result in the phasor R1,’ in the left 
channel leading the phasor R1,’ in the right channel, and 
would cause the phasor L1,’ in the right channel to lead 
the phasor L,’ in the left channel. It will be recognized 
that if this were done, it would be necessary to inter 
change the all-pass networks 74 and 76 in order to ob 
tain correct decoding of the four individual signals. 
FIG. 4 illustrates the location in a listening room or 

area of the loudspeakers 82, 96, 104 and 88 for opti 
mum display of the signals decoded by the system of 
FIG. 9. Speci?cally, loudspeakers 82, 88, 96 and 104 
are placed in positions corresponding to the “left 
front”, “right front”, “left back” and “right back”, re 
spectively. Phasor diagrams of the signals appearing on 
each of these loudspeakers are presented adjacent their 
respective loudspeaker. It will be observed that the sig 
nals Li", R,", L," and R1," are predominant at loud 
speakers 82, 88, 96 and 104, respectively; the signals 
from two other channels appearing in each of the main 
channels are about three db lower in level than the 
principal signals and, accordingly, tend not to be prom 
inent in the mind of the listener. Rather, he will hear 
primarily the four independent channels‘ being pres 
ented on the four loudspeakers. 

It has been observed that phase shifting networks 78, 
92, 100 and 84, while contributing to the audible chan 
nel separationof the four-loudspeaker system, can be 
dispensed with and still obtain acceptable channel sep 
aration. ' 

Referring now to FIG. 5, there is shown in schematic 
form an alternative decoder in which a simpli?cation of 
the circuitry is achieved along with an improvement in 
performance. It will be remembered that in order for 
the circuit of FIG. 3 to perform the decoding function 
it is necessary to ?rst introduce a relative phase shift of 
90° with phase-shift networks 74 and 76, which inci 
dentally places the signalsL,’ and R,’ in quadrature. 
This relationship is not undesirable, except when these 
two phasors contain a common center signal. To form 
an ideal virtual image of thiscenter signal between the 
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8 
two front loudspeakers, the two front signals should re 
main in phase. This desirable relationship may be ob 
tained by various stratagems, the one used in the sys 
tem of FIG. 3 being the incorporation of the four addi 
tional ill-networks 78, 84, 92 and 100. In a decoder not 
intended for audition of the highest quality it is permis 
sible to dispense with these \b-networks, instead con 
necting the two front loudspeakers (i.e., 82 and 88) to 
terminals 70 and 71 instead of to the output terminals 
of phase-shift networks 74 and 76, so that the two front 
loudspeakers receive the full, unmodi?ed signals LT 
and RT, respectively, in which the signals L; and R; pref 
dominate and are in proper phase relationship. How 
ever, even if this is done, there is a Ill-function phase 
angle between the two front loudspeakers and the two 
rear loudspeakers, resulting in a certain degree of side 
and back image blurring and dissymetry. This latter ef 
fect is not sufficient to appreciably diminish the quality 
of the quadruphonic image and is the type of compro 
mise which may be accepted in lower cost equipment. 
In the best professional equipment, however, it is im 
portant that the phasor groups be presented in a most 
favorable phase relationship. 
This goal is accomplished in the decoder shown in 

FIG. 5. This decoder achieves the same relative phase 
relationship of the phasors applied to the loudspeakers 
obtained in the embodiment of FIG. 3, but with a sav 
ing of two ill-networks; that is, the system of FIG. 5 re 
quires only four, instead of six, ill-networks. 

In this decoder, the two composite signals LT and RT, 
recovered from a two-channel medium, and respec 
tively portrayed by phasor groups 10 and 12, are ap 
plied to the input terminals 150 and 152. These signals 
are in all respects identical to the corresponding signals 
applied to the input terminals of the decoder of FIG. 3. 
Unlike the system of FIG. 3, however, in whic two 
ill-networks are used to properly position the compo— 
nents of the two signals for subsequent combination, 
the decoder of FIG. 5 utilizes four such networks, 154, 
156, 158 and 160, two of which provide a phase shift 
of (II! + 0°), and the other two introducing a phase shift 
of (1!: + 90°). The LT signal is applied to both of net 
works 154 and 156, and the RT signal is applied to both 
of networks 158 and 160. By reason of. the relative 90° 
phase shift, the phasor groups 162 and 164 appearing 
at the outputs of networks 154 and 156, corresponding 
to the LT signal, are in quadrature relationship, and 
similarly, the phasor groups 166 and 168 appearing at 
the outputs of networks 158 and 160, respectively, cor 
responding to the RT signal, are also in phase quadra 
ture. Because the phase angle \11 generally varies with 
frequency, the phasor groups 162, 164, 166 and 168 do 
notbear a ?xed angular relationship with respect to 
phasor- groups 10 and 12, but inasmuch as the refer 
ence angle 111 is the same for all of the networks, it is 
permissible to‘treat them as bearing a ?xed relationship 
with respect to each other. It will be remembered that 
the signals Li’, L,,', R,’ and R,’ are usually complex pro 
gram signals and, therefore, the phasor relationships 
within each phasor group represents the relationships 
of the same frequency components of the signals. 
As in the circuit of FIG. 3, the object of the decoder 

is to derive from the incoming signals LT and RT four 
separate signals predominantly containing the signals 
14', L,,', R,’ and R,', respectively, and to reproduce 
them over respective loudspeakers 170, 172, 174 and 
176. To this end, the signals represented by phasor 
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groups 162 and 168, which respectively contain L; and 
R, as their predominant components, are applied with 

' out change to loudspeakers 170 and 176, respectively, 
after ampli?cation by respective gain control ampli?ers 
178 and 180 in the event a logic circuit is used for en 
hancement of channel separation. A signal predomi-v 
nantly containing L1,’ is derived by adding 0.707 of the 
output of ill-network 156 and 0.707 of the output of 
ill-network 160 in a summing circuit 182, the output 
signal from which may be represented by the phasor 
group 184, in which the signal Lb’ predominates, with 
the signals L!’ and R,’ also being present but at a 3 dB 
lower level. This signal is ampli?ed by gain control am 
pli?er 186 ‘(when logic is used) and applied to loud 
speaker 172. A signal predominantly containing the R1,’ 
signal is obtained by adding in summing circuit 188 
0.707 of each of the output signals from til-networks 
154 and 158, the resultant signal, represented by pha 
sor group 190, being applied to a respective control 
ampli?er 192 for application to loudspeaker 174. Thus, 
the loudspeakers 170, 172, 174 and 176 carry signals 
which have predominant information from the left 
front, left-back, right-back and right-front channels, 
respectively. As with the decoder of FIG. 3, each of 
these signals is “contaminated” with information from 
two other signals, but the contaminating signals being 
part of the same original program, their contribution is 
not unpleasant and, indeed, often provides an improve 
ment in “ambience” or spaciousness of the musical se 
lection. 

It will be noted that the phasor groups 162, 184, 190 
and 168 exhibit relative phase-shift relationships identi 
cal to the corresponding phasors of FIG. 4 produced by 
the decoder of FIG. 3, this desired relationship having 
been obtained with only four ill-networks, whereas the 
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system of FIGT3 requires six ill-networks to achieve the - 
same result. Thus, the decoder of FIG. 5 offers the ad 
vantage of greater simplicity, with accompanying re 
duced cost. The arrangement comprising the four 
ill-networks and two summing circuits consitutes a satis 
factory decoder for connection through suitable ampli 
tiers and loudspeakers to produce a highly realistic and 
satisfactory rendition of the original quadruphonic pro 
gram. 
As with the decoder of FIG. 3, in the interest of 

achieving the illusion of greater independence or “pu 
rity” of the decoded signals, it may be desirable to pro 
vide a logic and control circuit 196 to provide “en 
hancement” of the individual predominant signals. The 
logic and control circuit disclosed and claimed in U.S. 
Pat. No. 3,784,744 may be used for this purpose. 
Referring now to FIG. 6, there is shown another de 

coder having the same general form as the system of 
FIG. 5 but differing in certain respects to facilitate de 
coding of composite signals having a different form. In 
this case, the composite signal LT applied to input ter 
minal 200 contains a predominant component LI, a 
subdominant component 0.707Rb in phase with L;, and 
a component 0.707Ll, in quadrature with L;, and the RT 
signal applied to input terminal 202 contains a domi 
nant component R], a sub-dominant component 
0.707Ll, in phase opposition with R,, and a sub 
dominant component 0.707R,, in quadrature with Rf. 
Composite signals of this form may be produced by en 
coders of the kind disclosed in co-pending application 
Ser. No. 124,135 and claimed in co-pending applica 
tion Ser. No. 328,814. It will be seen that these com 

45 

50 

55 

60 

65 

10 
posite signals have in common with the composite 
input signals shown in FIG. 5 the features that the dom 
inant L; and R; signal components are in phase with 
each other, that the L, component in one composite 
signal is in quadrature with the L1, component in the 
other, and the Rb component in one composite signal 
is in quadrature with the R1, component in the other. 
The decoder of FIG. 6 also utilizes four Ill-networks 

204, 206, 208 and 210, two of which provide a phase 
shift of (III — 0°) and the other two providing a phase 
shift of (1!! — 90°). The LT signal is applied to both of 
networks 204 and 206 and the RT signal is applied to 
both of networks 208 and 210. By reason of the relative 
90° phase shift, the phasor groups 212 and 214 appear 
ing at the output terminals of networks 204 and 206, 
corresponding to the 1.4 signal, are in quadrature rela 
tionship, and similarly the phasor groups 216 and 218 
appearing at the output terminals of networks 208 and 
210, respectively, corresponding to the RT signal, ar 
also in phase quadrature. ' 
The signals represented by phasor groups 212 and 

218, which respectively contain L, and R, as their pre 
dominant components, are applied without change to ' 
output terminals 220 and 222, respectively, and consti 
tute two of the output signals from the decoder. To de 
rive an output signal in which L1, is the predominant 
component, signals from the phase-shifting networks 
206 and 210 are each multiplied by 0.707, inverted in 
sign, and summed in a summing junction 224 to pro 
duce at output terminal 226 a composite signal repre 
sented by the phasor diagram 228. The fourth output 
signal, in which the R‘, component is predominant, is 
obtained by multiplying each of the signals from phase 
shift networks 204 and 208 by 0.707 and summing 
them, without inversion, in a summing junction 230 to 
produce at the output terminal 232 the composite sig 
nal represented by phasor diagram 234. 

. While the operation of the decoder has thus far been 
described for “corner” signals, its action on encoded 
composite signals resulting from application to the en 
coder of signals from other angles will be seen fromv the 
diagram of FIG. 7 in which the phasor groups 212, 218, 
228 and 234 have been expanded. It is seen, for exam 
ple, that when an L; signal is applied to the encoder 
(corresponding to an azimuth angle of 315°), the sig 
nals appearing at the diagonally opposite L,’ and RD’ 
terminals, represented by the arrows 240 and 242, re 
spectively, are in phase or additive. The same in-phase 
relationship of diagonally opposite signals is exhibited 
when a right back signal (corresponding to an azimuth 
angle of 135°) is applied, as indicated by the arrows 
244 and 246. However, when an R; or an L, signal is ap 
plied to the encoder, the diagonally opposite signals are 
in phase opposition, or subtractive, as shown by the 
pairs of phasor arrows 248 and 250, and 252 and 254, 
respectively. Thus, application of signals L, and Rb to 
the encoder results in stronger decoded signals, espe 
cially at bass frequencies, than do R; and Lo signals. 
While this effect may occur when the matrix decoder 
is used by itself, the unwanted or “transferred” sub 
dominant signals can be signi?cantly diminished by 
using the “blending” technique disclosed in U.S. Pat. 
No. 3,798,373 and/or logic and control circuitry of the 
kind described in U.S. Pat. No. 3,784,744. 

It will also be noted from FIG. 7 that when a center 
front (Cf) signal is applied to the encoder, resulting in 
the application of equal 0.707C, signals to the “front” 
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terminals of the encoder, which appear in phase in the 
composite signals LT and RT, two in-phase signals de 
picted by phasors 256 and 258, appear at the “front” 
output terminals of the decoder, and two signals in 
phase opposition, represented by phasors 260 and 262, 
appear at the “back” output terminals. While the anti 
phase signals may be diminished or canceled by the 
previously mentioned “blending” technique, or by the 
action of the “front-back” logic disclosed in applica 
tion Ser. No. 155,976 which functions to attenuate the 
signals represented by phasors 260 and 262 while en 

_ hancing the signals represented by phasors 256 and 
258, despite such action, or, if, for example, sufficiently 
strong signals are applied as will cause the transmission 
through the matrix to be altered by the action of the 
logic circuit, signals represented by phasors 260 and 
262 may be emphasized while those represented by 
phasors 256 and 258 may be attenuated. 
The aforementioned potential anomolies of the de 

coder of FIG. 6 for certain signals into the encoder are 
essentially eliminated by the matrix decoder shown in 
FIG. 8 to the input terminals 200 and 202 of which 
composite signals LT and RT of the same form as shown 
in?ljIQ. 6 are respectively applied. As in the decoder 
of FIG. 6, the LT signal is applied to both of a pair of 
ill-networks 204 and 206 and the RT signal is applied to 
both of a pair of ill-networks 208 and 210, which are 
operative to produce the relatively phase-shifted out 
put signals depicted by phasor groups 212, 214, 216 
and 218, which correspond to the similarly numbered 
phasor groups in FIG. 6. However, the manner in which 
these relatively phase shifted signals are combined to 

. derive the four output signals is different. Output sig 
nals containing L, and R, as predominant components 
are taken from the output terminals of phase-shift net 
works of 206 and 208, respectively, and respectively 
correspond to the L1 and RT composite signals each 
shifted in phase by 90°; it will be observed, however, 
that there is no relative phase shiftbetween these at the 
output terminals. An output signal having L‘, as its pre 
dominant component is obtained by multiplying each 
of the output signals from phase shift networks 206 and 
210 by 0.707 and summing them in a junction 270, and 
an output signal containing Rb as its predominant com 
ponent is obtained by multiplying each of the output 
signals from nil-networks 204 and 208 by 0.707 and add 
ing them in junction 272. The output signals I4’, R;', 
L,’ and R,‘ are portrayed by phasor groups 214, 216, 
274 and 276, respectively. 
The action of the decoder of FIG. 8 for various types 

of signals applied to the encoder will be seen from the 
diagram of FIG. 9 in which the phasor groups 214, 216, 
274 and 276 are expanded. It is seen that when either 
of the “corner” signals, that is, L’, R,, L, or R,,, (which 
occur at 315°, 45°, 225° and 135° azimuth, respec~ 
tively) is applied to the encoder, there is in each case 
an in-phase or additive relationship between the main 
signal and its adjacent transferred signal, while the sig 
nal diagonally opposite from the main signal is in quad 
rature therewith. By virtue of this positioning of the sig 
nals, the subtraction effect inherent in the decoder of 
FIG. 6 is essentially eliminated. Also, the “transferred” 
signals corresponding to the main “comer” signal are 
of equal amplitude and are in quadrature with respect 
to each other, and consequentlydo not interfere with 
the operation of the “wave-matching” logic described 
in US. Pat. No. 3,784,744. 
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Considering now the action of the decoder when a 

center front (C;) signal is applied to the encoder, re 
sulting in the application of equal in-phase 0.707C; sig 
nals to the “front” terminals of an encoder (0° azi 
muth) it is seen that the two “front” signals, as well as 
both “back” signals, have the same magnitudes, and 
the signals in each of the pairs are in phase. In contrast, 
if a center back (Cb) signal is applied to the back termi 
nals of the encoder, meaning application of two equal, 
in-phase 0.707C; signals (225° and 135° azimuth, re 
spectively), the signals in the resulting pair of “front” 
signals, as well as the signals in the resulting pair of 
“back” signals are of equal magnitude but are in phase 
opposition. This property can be utilized in “front 
back” logic control circuitry of the type disclosed in 
application Ser. No. 124,135 designed to be operative 
in response to either or both of the signals of each of 
the front or back pairs being in-phase to cause attenua 
tion of “back” signals and enhancement of “front” sig 
nals, and operative in response to either or both of the 
signals of each pair being in phase opposition to cause 
attenuation of the “front” signals and enhancement of 
“back” signals. 
As has been noted, when a center back (Cb) signal is 

applied to the encoder, the decoder of FIG. 8 produces 
center back signals in phase opposition. While this 
might appear to be an undesirable condition, it is rela 
tively innocuous because in the practice of this stereo 
quadraphonic system producers are discouraged 
against applying solo and other important signals to the 
center back of the quadraphonic array for the reason 
that such signals, being recorded out-of-phase on a disc 
record, could not be reproduced monophonically. Any 
center back signals such as reverberation, instanta 
neously panning, etc. are likely to be relatively unim 
portant with the consequence that their appearance in 
phase opposition is usually unobjectionable. Any weak 
ness in this respect is overshadowed by the fact that ap 
plication of a strong bass signal to the center front of 
the encoder will not be diminished in intensity by the 
decoder when it is accompanied by, say, a side-back 
signal, because any transfer of signals from front-to 
back is accompanied by an increase in amplitude of the 
same signal in the back channel, which are in phase, 
and consequently will not cause the signal in question 
to be diminished. 
The matrix decoder of FIG. 8 may be used alone, or 

with logic and control circuitry of the types alluded to 
above, or it may be used in combination with the 
“blending" feature disclosed in US. Pat. No. 
3,798,373. When suitable “blend” coef?cients are 
used, center front signals in the front channels are em 
phasized and thissignal is attenuated in the back chan 
nels, and at thesame time center back signals in the 
back channels are emphasized and this signal is attenu 
ated in the front channels; 

It will be evident from the'foregoing description that 
the decoders of FIGS. 3, 5, 6 and 8 each include input 
circuits including all-pass phase-shifting networks for 
shifting the phase of one of the composite signals rela 
tive to the others by 90° so as to cause corresponding 
signals in the relatively phase-shifted composite signals 
to be either in :phase or in phase opposition to enable 
derivation of output signals containing LI, and R, as 
predominant components by simple linear combination 

> of selected relatively phase-shifted composite signals, 
and networks for combining the relatively phase 
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shifted composite signals. The other two output signals, 
respectively containing L, and R; as their predominant 
components, are, in essence, the input composite sig 
nals. 

1 claim: 
1. Apparatus for decoding four individual audio in 

formation signals to the extent they are contained in 
?rst and second encoded composite signals, each of 
which contains up to three of said audio information 
signals, two of which are common in said two compos 
ite signals and corresponding ones of said common sig 
nals being at a predetermined phase angle relative to 
each other, said apparatus comprising: 

?rst and second input terminals to which said ?rst 
and second composite signals are respectively ap 
plied, 

?rst, second, third and fourth output channels, 
means for coupling said ?rst and second composite 

signals to said ?rst and second output channels, re 
spectively, with the same relative phase as they ex 
hibit at said input terminals, 

all_pass phase-shifting means connected to said input 
terminals for shifting the phase of one of said com 
posite signals relative to the other by said predeter 
mined phase angle over the frequency range of in 
terest for positioning said common signals in one of 
said relatively phase-shifted composite signals ei 
ther substantially in phase coincidence or substan 
tially in phase opposition with corresponding ones 
of said common signals in the other of said rela 

, tively phase-shifted composite signals, 
means for selectively combining predetermined pro 

portions of said relatively phase-shifted ?rst and 
second composite signals and operative to produce 
third and fourth composite signals each containing 
a different one of said common signals as its pre 
dominant component, and 

means for coupling said third and fourth composite 
signals to said third and fourth output channels, re 
spectively. 

2.‘Apparatus in accordance with claim 1, wherein 
said phase-shifting means comprises ?rst and second 
all-pass phase-shifting networks operative to shift the 
phase of said ?rst composite signal relative to said sec 
ond composite signal by said predetermined phase an 
le, 

g wherein said means for coupling said ?rst and second 
composite signals to said ?rst and second output 
channels comprises said ?rst and second phase 
shifting networks and third and fourth all-pass 
phase-shifting networks respectively connected be 
tween said ?rst phase-shifting network and said 
?rst output channel and between said second 
phase-shifting network and said second output 
channel, said third and fourth phase-shifting net 
works being operative to shift the phase of the 
phase-shifted ?rst composite signal from said ?rst 
phase-shifting network relative to the phase-shifted 
second composite from said second phase-shifting 
network signal by said predetermined phase angle, 
and 

wherein said means for coupling said third and fourth 
composite signals to their respective output chan 
nels comprises ?fth and sixth all-pass phase-shifting 
networks operative to shift the phase of said third 
composite signal relative to said fourth composite 
signal by said predetermined phase angle. 
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3. Apparatus in accordance with claim 1 wherein said 

predetermined phase angle is substantially 90° and said 
predetermined proportion is substantially the decimal 
fraction 0.707. ' 

4. Apparatus in accordance with claim 2, wherein 
said predetermined phase angle is substantially 90° and 
said predetermined proportion is substantially the deci 
mal fraction 0.707. 

5. Apparatus in accordance with claim 1, wherein 
said phase-shifting means comprises ?rst ‘and second 
pairs of all-pass phase-shifting networks and wherein 
said ?rst and second composite signals are applied to 
both phase-shifting networks of its respective pair, the 
?rst network of each pair being operative to shift the - 
phase of signals applied thereto relative to the signals 
applied to the second network of the pair by said prede 
termined phase angle, 
wherein said means for coupling said ?rst and second 
composite signals to their respective output chan 
nels comprises connections between the ?rst net 
work of the ?rst pair and said ?rst output channel 
and between the ?rst network of the second pair 
and said second output channel, and 

wherein said combining means comprises a ?rst net 
work for combining said predetermined proportion 
of the output signal from the second network of the 
?rst pair with said predetermined proportion of the 
output signalfrom the ?rst network of the second 
pair for producing said third composite signal, and 
a second network for combining said predeter 
mined proportion of the output signal from the first 
network of the ?rst pair with said predetermined 
proportion of the output signal from the second 
network of the second pair for producing said 
fourth composite signal. 

6. Apparatus in accordance with claim 5 wherein said 
predetermined phase angle is substantially 90° and 
wherein said predetermined proportion is substantially 
the decimal fraction 0.707. 

7. Apparatus in accordance with claim 1, wherein 
said phase-shifting means comprises 

?rst and second pairs of all-pass phase-shifting net 
works each having input and output terminals, the 
?rst network of each pair being operative to shift 
the phase of signals applied thereto by a predeter 
mined reference angle and the second network of 
each pair being operative to shift the phase of sig 
nals applied thereto by an angle which differs from 
said predetermined angle by 90°, means for cou 
pling said ?rst composite signal to the input termi 
nals of both phase-shifting networks of said ?rst 
pair, and means for coupling said second compos 
ite signal to the input terminals of both phase 
shifting networks of said second pair, and 

wherein said combining means comprises ?rst sum 
ming means connected to the outputv terminal of 
the second phase-shifting network of said ?rst pair 
and to the output terminal of the ?rst phase 
shifting network of said second pair operative‘ to 
add equal proportions of the signals appearing 
thereat to produce said third composite signal, and 
second summing means connected to the output 
terminal of the ?rst phase-shifting network of said 
?rst pair and to the output terminal of the second 
phase-shifting network of said second pair opera 
tive to add equal proportions of the signals appear 
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ing thereat to produce said fourth composite signal. 

8. Apparatus in accordance with claim 7 wherein said 
proportion is substantially the decimal fraction 0.707. 

9. Apparatus for decoding ?rst and second composite 
input signals respectively containing dominant signals 
a and b and each including a sub-dominant signal com 
ponent c of substantially equal magnitude and in sub 
stantially quadrature phase relationship in said ?rst and 
second composite signals and a sub-dominant signal 
component d of substantially equal magnitude and in 
substantially quadrature phase relationship in said ?rst 
and second composite signals, the signal components 0 
and d in one of the composite signals being in leading 
and lagging relationship, respectively, with the signal 
components 0 and d in the other of the composite sig 
nals, said apparatus comprising: 

?rst and second input circuits having respective ?rst 
and second input terminals and each including all 
pass phase-shifting means for deriving from the 
?rst and second composite signals ?rst and second 
composite output signals which are in phase quad 
rature relationship with'one another, 

?rst, second, third and fourth output channels, 
means for coupling the ?rst and second composite 

signals from the ?rst and second input terminals 
without relative phase-shift to said ?rst and second 
ouptut channels, respectively, 

?rst summing means for combining equal propor 
tions of the ?rst composite output signal from the 
?rst input circuit and of the second composite out 
put signal from the second input circuit to produce 
a third composite signal predominantly containing 
the signal component 0, 

second summing means for combining equal propor 
tions of the second composite signal from the ?rst 
input circuit and of the ?rst composite output sig 
nal from the second input circuit to produce a 
fourth composite signal predominantly containing 
the signal component d, and 

means for coupling said third and fourth composite 
signals to said third and fourth output channels, re 
spectively. ' - 

10. Apparatus in accordance with claim 9, wherein 
said input circuits each include a pair of all-pass phase 
shifting networks to both of which the corresponding 
composite input signal is applied, one of the phase 
shifting networks of the pair being operative to shift the 
phase of the applied signal by a predetermined refer 
ence angle and the other phase-shifting network of the 
pair being operative to shift the phase of signals applied 
thereto by an angle which differs by 90° from the said 
reference angle. 

11. Apparatus in accordance with claim 10, wherein 
for each of the composite output signals, the propor-v 
tion of the signal applied to the ?rst and second sum 
ming means is 0.707. ' 

12. Apparatus for decoding ?rst and second input 
composite signals respectively designated L1 and R1 
and each including to the extent they are present sub 
dominant left back (L1,) and right back (Rb) compo 
nent signals with the same predetermined phase-shift 
angle between said Ll, component signals and between 
said R1, component signals and with the L’, component 
signal in one of said composite signals leading the L, 
component signal in the other and with the Rb compo 
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nent signal in said one composite signal lagging the Rb 
component signal in the other, and respectively includ 
ing to the extent they are present dominant left front 
(L1) and right front (Rf) component signals, into four 
composite output signals respectively containing said 
Ly, R;, L’, and Rb component signals as its predominant 
signal, said apparatus comprising: 

?rst and second input terminals to which said LT and 
RT signals are respectively applied, 

?rst, second, third and fourth output channels re 
spectively identi?ed as L’, R;, L1, and RD output chan 
nels, ' 

means connected between said ?rst and second input 
terminals and said ?rst and second output channels 
for coupling said ?rst and second input composite 
signals respectively containing said L, and R, com 
ponent vsignals as predominant signals to said ?rst 
and second output channels, 

means connected to said ?rst and second input termi 
nals including all-pass phase-shifting networks for 
shifting the phase of one of said input composite 
signals relative to the other by said predetermined 
phase~shift angle for positioning the L1, and Rh com 
ponents in one of said relatively phase-shifted com 
posite signals either in phase coincidence or in 
phase opposition with the L1, and Rh components, 
respectively, in the other relatively phase-shifted 
composite signal, and 

means connected in circuit between said phase 
shifting means and said third and fourth output 
channels for selectively combining predetermined 
proportions of said relatively phase-shifted ?rst and 
second composite signals and operative to couple 
to said third and fourth output channels composite 
signals which respectively contain said Lb and Rb 
component signals as predominant components. 

13. Apparatus in accordance with claim 12, wherein 
said predetermined phase-shift angle is substantially 
90°, and wherein said predetermined proportion is sub 
stantially the decimal fraction 0.707. 

14. Apparatus in accordance with claim 12, wherein 
said input circuits each include a pair of all-pass phase 
shifting networks to both of which the corresponding 
composite input signal is applied, one of the phase 
shifting networks of the pair being operative to shift the 
phase of the applied signal by a predetermined refer 
ence angle and the other phase-shifting network of the 
pair being operative to shift the phase of signals applied 
thereto by an angle differing from said reference angle 
by said predetermined phase-shift angle, and wherein 
said signal-combining means comprises ' 

?rst summing vmeans for combining equal propor 
tions of the composite signal from the ?rst network 
of the ?rst pair and the composite signal from the 
second network of the second pair and coupling to 
said L1, output channel a composite signal which 
contains said Ll, component signal as its predomi 
nant component, and 

second summing means for combining equal propor 
tions of the composite signal from the second net 
work of the ?rst pair and the composite signal from 
the ?rst network of the second pair and coupling to 
said Rb output channel a composite signal which 
contains said Rb component signal as its predomi 
nant component. 



3,835,255 
17 

15. Apparatus in accordance with claim 14, wherein 
said predetermined phase-shift angle is substantially 
90°, and 
wherein for each of the composite signals from said 

phase-shifting networks, the proportion of the signal 
applied to the ?rst and second summing means is 
0.707. 

16. Apparatus in accordance with claim 14, wherein 
said predetermined phase-shift angle is substantially 
90°, 
wherein for each of the composite signals from the 

?rst network of the ?rst pair and from the second 
network of the second pair, the proportion of the 
signal applied to the ?rst summing means is 0.707, 
and 

wherein for each of the composite signals from the 
second network of the ?rst pair and from the ?rst 
network of the second pair, the proportion of the 
signal applied to the second summing means is 
—0.707. 

17. Apparatus in accordance with claim 12, wherein 
said input circuits each include ?rst and second all-pass 
phase-shifting networks to both of which the corre 
sponding composite input signal is applied, said ?rst 
phase-shifting network being operative to shift the 
phase of the applied signal by a predetermined refer 
ence angle and said second phase-shifting network 
being operative to shift the phase of the applied signal 
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by an angle differing from said reference angle by sub- 30 
stantially 90°, v 
wherein the composite signals from the second net 
work of said ?rst and second input circuits, respec 
tively containing said L, and R, component signals 
as their predominant component, are respectively 
coupled to said ?rst and second output channels, 
and wherein said signal-combining means com 
prises , 

?rst summing means for combining substantially 
0.707 of the composite signal from said second net 
work of said ?rst input circuit and substantially 
0.707 of the composite signal from said ?rst net 
work of said second input circuit and ‘coupling to 
said third output channel a composite signal which 
contains said Lb component signal as its predomi 
nant component, and 

second summing means for combining substantially 
0.707 of the composite signal from said ?rst net 
work of said ?rst input circuit and substantially 
0.707 of the composite signal from said second net 
work of said second input circuit and coupling to 
said fourth output channel a composite signal 
which contains said R1, component signal as its pre 
dominant component. ‘ 

18. A method of substantially reproducing at least 
four individual audio information signals respectively 
designated left front (Ly), right front (Ry), left back 
(Lb) and right back (Rb) contained in two information 
channels, wherein the signals in said channels respec 
tively include one of said L; and R, signals together with 
predetermined proportions of both said L4, and Rh sig 
nals with the same predetermined substantially con 
stant phase-shift angle between said Lb signals and be 
tween said Rb signals such that the L1, signal in one of 
said channels leads the L1, signal in the other. and the Rb 
signal in said one channel lags the R1, signal in the other, 
comprising the steps of: 
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18 
coupling the signals in said channels to respective 
output channels without relative phase shift there 
between to provide two composite output signals 
respectively containing said L, and R, signals as 
predominant components, 

shifting the phase of the signal in one of said channels 
relative to the signal in the other channel by said 
predetermined phase-shift angle for positioning the 
Lb and R1, components in one channel either in 
phase coincidence or inphase opposition with cor 
responding components in the other channel, and 

selectively combining predetermined equal propor 
tions of said relatively phase-shifted signals to pro 
duce third and fourth composite output signals re 
spectively containing said L1, and R1, signals as pre 
dominant components. I 

19. The method according to claim 18, wherein said 
predetermined phase-shift angle is substantially 90°, 
wherein the signals in the two channels are relatively 

shifted in phase by substantially 909, and 
wherein said predetermined proportion is substan 

tially the decimal fraction 0.707. 
20. Apparatus for reproducing at least four individual 

audio information signals to the extent they are con 
tained in two information channels, wherein the signal 
in each of said channels comprises a combination of at 
least three of said audio information signals with prese 
lected phase and amplitude relationships, said appara 
tus comprising 
?rst and second input circuits to which the signals in 

said two information channels are respectively ap 
plied, said input circuits including all-pass phase 
shifting means operative to shift the phase of one 
of said channel signals relative to the other channel 
signal by a preselected angle which remains sub 
stantially constant over the frequency range of said 
audio information signals thereby to produce rela 
tively phase-shifted ?rst and second channel sig' 
nals, 

electrical circuit means for combining said relatively 
phase-shifted ?rst and second channel signals with 
preselected amplitude and phase relationships for 
deriving a ?rst pair of output signals in each of 
which a different desired one of two of said audio 
information signals is predominant, and 

circuit means for deriving from said ?rst and second 
channel signals a second pair of output signals in 
each of which a different desired one of the other 
two of said audio information signals is predomi 
nant, 

whereby a different desired one of said audio infor 
mation signals is predominant in each of said four 
output signals. 

21. Apparatus in accordance with claim '20 wherein 
said phase-shifting means is operative to shift the phase 
of one of said channel signals relative to the other by 
substantially 90°. ’ 

22. A decoder for reproducing at least ?rst, second 
and third of ?rst, second, third and fourth audio infor 
mation signals to the extent said four audio information 
signals are contained in ?rst and second composite 
input signals respectively containing said ?rst and sec 
ond audio information signals in equal predominant 
proportions and both containing said third and fourth 
audio information signals in equal sub-dominant pro 
portions with said third and fourth audio information ‘ 
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signals in one of said composite input signals in sub 
stantially quadrature relationship with the third and 
fourth audio information, signals, respectively, in the 
other composite input signals, said decoder comprising: 

means for coupling said ?rst and second composite 
signals without relative phase shift between them to 
?rst and second output terminals, respectively, as 
?rst and second output signals in which said ?rst 
and second audio information signals are respec 
tively predominant, 

means for shifting the phase of one of said composite 
input signals relative to the other by about 90° for 
positioning the third audio information signal in the 
phase-shifted one input signal in phase with the 
third audio information signal in the unshifted 
other input signal and for positioning the fourth 
audio information signal in the phase-shifted one 
input signal in phase opposition with the fourth 
audio information signal in the unshifted other 
input signal, and 

means for combining said phase-shifted one input sig 
nal and said unshifted other input signal to produce 
at a third output terminal a third output signal in 
which said third audio information signal is pre 
dominant. 

23. Apparatus in accordance with claim 22 wherein 
said predominant and sub-dominant proportions are in 
the ratio of about 1:.707, ' 
wherein said phase-shifting means comprises ?rst and 
second all-pass phase-shifting networks to which 
said first and second composite input signals are 
respectively applied for shifting the phase of one of 
said composite input signals relative to the other by 
about 90°, and wherein said combining means com 
prises 

?rst means for adding substantially 0.707 of the out 
put signal from one of said ?rst and second phase 
shifting networks to substantially 0.707 of the out 
put signal from the other for producing said third 
output signal, and 
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second means for subtracting substantially 0.707 of 

the output signal from one of said ?rst and second 
phase-shifting networks from substantially 0.707 of 
the output signal from the other for producing at a 
fourth output terminal ‘a fourth output signal in 
which said fourth audio information signal is pre 
dominant. 

24. Apparatus in accordance with claim 22, wherein 
said predominant and sub-dominant proportions are in 
the ratio of about 1:.707, ' 
wherein said phase-shifting means comprises ?rst and 
second pairs of all-pass phase-shifting networks, 
the ?rst network of each pair being operative to 
shift the phase of signals applied thereto relative to 
the signals applied to the second network of the 
pair by about 90°, and wherein said ?rst and second 
composite input signals are applied to both phase 
shifting networks of a respective pair, and wherein 
said combining means comprises 
?rst network for combining substantially 0.707 of 
the output signal from the second phase-shifting 
network of the ?rst pair with substantially 0.707 of 
the output signal from the ?rst phase-shifting net 
work of the second pair for producing said third 
output signal in which said third audio information 
signal is predominant, and 

a second network for combining substantially 0.707 
of the output signal from the ?rst phase-shifting net~ 
work of the ?rst pair with substantially 0.707 of the 
output signal from the second phase-shifting network 
of the second pair for producing a fourth output signal 
at a fourth output terminal in which said fourth audio 
information signal is predominant. 
25. Apparatus in accordance with claim 24, wherein 

the ?rst network of each of said pairs is operative to 
shift the phase of signals applied thereto by a predeter 
mined reference angle and the second network of each 
of said pairs is operative to shift the phase of signals ap 
plied thereto by an angle differing from said reference 
angle by about 90°. 

* * * * 


