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ABSTRACT: A stereophonic sound system is disclosed utiliz-
ing a two-channel! transmission path yet capable of locating
virtual sound sources at any point on a circle around a listener.
The two-channel transmission path may consist of conven-
tional stereophonic channels such as records, tapes, broad-
casting channels, etc. The recording or transmitting means (as
the case may be) of the invention provides two audio signals
which may comprise preselected combinations of four (for ex-
ample) directional inputs. One channel may include the first
input plus a signal proportional to the sum of the second and
fourth inputs, while the second channel consists of the third
input plus a signal proportional to the difference between the
second and fourth inputs.

The sound reproducing means couples these signals and
various combinations thereof to four (for example) loud-
speakers which may be arranged on the circumference of a
circle around the listéner. The first speaker may be responsive
to the signal on one channel, the next adjacent speaker is
responsive to the sum of the signals on the two channels, the
third successive speaker is responsive to the second channel,
and the last speaker is responsive to the difference between
the signals on the two channels, Means are disclosed for con-
trolling the gain in the signal paths of the voltages coupled to
the various speakers relative to the other speakers to increase
the audio separation between adjacent speakers and thus
enhance the directional effect.
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QUADRASONIC SOUND SYSTEM

This is a continuation-in-part of U.S, Pat. Application, Ser.
No. 853,822 filed on Aug. 28, 1969 in the name of Peter
Scheiber and entitled STEREOPHONIC RECORDING AND
TRANSMISSION SYSTEM and U.S. Pat. application, Ser.
No. 697,103, filed on Jan. 11, 1968 in the name of Peter
Scheiber and entitled STEREOPHONIC SOUND SYSTEM.

The present invention relates to audio systems and, in par-
ticular, to a stereophonic sound system which is capable of

locating virtual sound sources at any point on a full circle
around a listener.

PRIOR ART

Commercial stereophonic systems usually include two
separate sound channels. This helps to recreate actual listen-
ing conditions by effectively increasing the region from which
sound sources can emanate. Where two loudspeakers are
used, a virtual sound source may be located at either of the
two speakers or any point in between. In this respect, a two-
channel or binaural system is an improvement over a monau-
ral system which utilizes a single speaker and is therefore only
capable of locating a sound source at that speaker.

It has been proposed to use a third speaker positioned
between a pair of outer speakers with the third speaker being
fed by a simple additive combination of the signals on the two
stereo channels. To further improve the audio effect, it is
known to record a third channel of audio information on the
two stereophonic channels with equal amplitude and same
polarity so that when the signals in the two stereo channels are
added at the reproducing end, a third channel signal is formed
which can locate a source directly at the third speaker. How-
ever, even this third channel cannot locate a sound source be-
hind the listener (assuming proper placement of the third
channel speaker) because the relatively equal signals appear-
ing in the two existing channels produce a sound “image”
between them resulting in a conflict as to the direction of the
source.

The logical extension of a binaural system would include
third and fourth channels with speakers positioned in front of
and behind the listener and such systems (known as
qQuadrasonic systems) are already commercially available in
(at least) four channel tape systems. Where a four-channel
system is used, it is possible to locate a source of sound at any
point on a full circle around the listener. This ability to locate
sound sources behind a listener has a significant audio effect
and compares with binaural systems in much the same way a
binaural system compares with a monaural system.

Where a full four-channel system is used, there are no spe-
cial problems involved in feeding audio signals to the respec-
tive speakers to create the desired effect. For example, four
microphones may be used at the pickup end, corresponding to
four different directions, with the output of each microphone
coupled by a separate transmission path (e.g., a tape channel)
to suitably placed speakers on the circumference of a circle
and corresponding to the four microphones. However, as in-
dicated previously, virtually all stereophonic sound systems
presently in use include only two signal transmission paths.
For example, conventional stereophonic records include
grooves wherein the surfaces are inclined at 45 degrees with
respect to the record face, each surface serving as the
equivalent of a separate “transmission path.” FM multiplex
broadcasting techniques approved by the U.S. Federal Com-
munications Commission and currently in widespread use,
provide for the transmission of only two separate signals and,
obviously, most multiplex receivers presently used are capable
of receiving only these two separate channels. Most tape
recording equipment in use today records and reproduces
only two channels and could not readily be modified to record
andfor play back four separate audio signals, as presently
required for full-circle sound.
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: 2
BRIEF DESCRIPTION OF THE INVENTION

The present invention provides a stereophonic system
which is capable of locating a sound source at any place on a
full circle around a listener wherein the information is trans.
mitted (or recorded) on only two separate transmission paths.
The invention may be used with three speakers, but,
preferably, four separate speakers are used.

In accordance with the invention, a signal is transmitted on
one or both channels with a selected relative polarity or phase
difference (and, preferably, gain also) depending upon the
desired direction of the source represented by that signal. For
example, the system may employ four separate microphones
each of which is adapted to respond to sound sources from a
preselected quadrant of the circle around the microphones.
The signals from two oppositely directed microphones are
connected directly to the respective stereo channels. Additive
and subtractive combinations of the other two microphones
are also coupled to these two channels so that when the signals
are replayed (or received) with suitable combining, the input
to any microphone will be effectively *‘located’ or replayed at
a corresponding speaker. The invention is fully compatible
with existing binaural systems, and produces two outputs (at
the recording or transmitting end) which can be replayed over
existing binaural equipment. :

At the receiver or playback end, the four speakers are fed
successively with (1) the signal on the first channel, (2) the
sum of the signals on the two channels, (3) the signal on the
second channel, and (4) the difference of the signals on the
two channels. As explained in detail in the following specifica-
tion, this permits location of a virtual sound source at any
point on a full circle around the listener.

The invention also contemplates the use of special gain con-
trol techniques both of a basic and more sophisticated form
for the purpose of increasing the signal separation between
any speaker and the two adjacent speakers. Such techniques
may serve to increase the directional effect and thus enhance
the audio effect.

In the following specification and claims, the term “trans-
mission path” is used to include both recording and actual
transmission (e.g., FM multiplex) inasmuch as the invention is
not dependent upon the actual physical or electrical nature of
the two separate signals. Reference to locating sound on a cir-
cle around a listener means the ability to locate virtual sound
sources in front of, behind, or to the sides of a listener but is
not intended to limit or define the precise placement of the
speakers. The benefits of the invention can best be provided
where at least one of the speakers is located behind the
listener and the speakers are arranged in fact on the circum-
ference of a circle, with the listener located at the center. Dif-
ferent arrangements of the speakers may vary the directional
effect achieved by this invention yet remain within its scope.

The invention is described in detail with reference to the at-
tached drawings, wherein:

FIG. 1 is a block diagram of a system incorporating the prin-
ciples of the invention;

FIGS. 2A, B, C and D are explanatory diagrams used to il-
lustrate the operation of the system of FIG. I;

FIG. 3 is a circuit diagram of a preferred embodiment of an
encoder used with the invention;

FIG. 4 is a circuit diagram of a preferred embodiment of a
decoder used with the invention;

FIG. § is a block diagram of a gain control circuit intended
for use with the system of FIG. 1;

FIG. 6 is a block diagram of a second gain control circuit in-
tended for use with the system of FIG. 1;

FIGS. 7 and 8 comprise block diagrams of the transmitting
and receiving ends of a further gain control circuit;

FIG. 9 is a block diagram of still a further embodiment of a
gain control circuit;

FIG. 10 is a block diagram of yet a further gain control em-
bodiment which can provide the desired results apart from the
basic system of FIG. 1;
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FIG. 11 is a detailed block diagram of the control voltage
generator of FIG. 10;

FiG. 12 is a schematic diagram of the gain control circuit of
FIG. 10; and

FIGS. 13 and 14 are schematic diagrams of the control volt-
age generator of FIG. 11; and

FIG. 15 is a diagrammatic illustration of a conventional
45°x45 record groove for explanatory purposes. .

The preferred embodiment of the invention is described
below for use with four separate speakers arranged on the cir-
cumference of a circle around a listening position, so that they
are capable of locating a virtual sound source at any point
around the listener. For purposes of this description, two
speakers will be considered to be arranged directly in front of
and behind the listener, with the other two speakers arranged
to the left and right. In explaining the operation of the system,
the letters F and X are used with numerals to indicate parts of
the system corresponding to the front and rear speakers,
respectively. The letters L and R are used with numerals to
represent parts corresponding to the left and right speakers,
respectively. The two transmission paths on which the audio
signals are conveyed are represented by the letters A and B, it
again being emphasized that such transmission paths may (and
frequently will) comprise recording media.

Referring now to FIG. 1, four microphones 121, 12F, 12R
and 12X are diagrammatically shown as being arranged to
receive acoustical energy arriving from any direction around
the microphones. For purposes of explanation, each of the
microphones 12 may be considered as a directional device
capable of receiving sound from any direction within a 90° arc
so that four microphones can be arranged to cover a full cir-
cle. The receptivity pattern of each of the microphones 12
may be represented by the dashed lines 13F R, X,L. In prac-
tice, of course, the receptivity patterns of the respective
microphones may overlap each other (which is required to
locate sound sources between adjacent speakers) or include
regions of relatively weak reception, but consideration of this
simplified situation is helpful in appreciating the principles by
which the invention can effectively transmit four audio signals
on only two transmission paths.

In FIG. 1, the four loudspeakers are shown at 14F, 14R,
14X and 14L. These loudspeakers are shown around a
listener’s position (represented by a chair 16). If the electrical
outputs of the microphones 12F, 12R, 12X and 12L were con-
veyed (by any conventional technique) on four channels
directly to the respective speakers 14F, 14R, 14X and 14L,
the speakers would reproduce the directional audio informa-
tion received by the microphones. In this way, it would be
possible to locate a virtual sound source in any quadrant of a
circle around the listening position 16. This ability to locate
sounds behind and to the respective sides of a listener is the
principal way in which a quadrasonic system differs from con-
ventional binaural stereophonic systems.

As mentioned above, because of practical considerations it
is not feasible in all cases to convey the audio signals directly
from the microphones 12 to the respective loudspeakers 14.
Because of the great number of binaural stereophonic systems
presently in use, it is highly desirable to convey these four
distinct audio signals to the four loudspeakers using only the
two conventional binaural channels or transmission paths in-
dicated as A and B in FIG. 1.

For this purpose, and pursuant to the invention, an encoder
18 at the recording or transmitting station combines the
signals from the four microphones into two separate audio
signals which can be conveyed by the separate transmission
paths A and B. For example, if a stereophonic record were
being made, the encoder 18 would be used to generate the two
signals which would be recorded in the standard 45°%45°
record groove. In the case of a live broadcast or other direct
transmission system, the encoder 18 would be used to
generate the A and B signals which would ultimately be broad-
cast or otherwise transmitted.
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The encoder serves to feed each of the four input signals to
one or both of the two channels A and B with an amplitude
and polarity which determine the relative amplitude of that
signal at the various speakers and thus the effective location of
the sound source relative to the listener. In this sense,
directional information is encoded. In the preferred embodi-
ment the audio signal in transmission path A includes the sum
of the output from microphone 12L and the outputs from
microphones 12F and 12X, with the amplitude of the F and X
signals being attenuated (decreased in amplitude) by a
preselected constant, for example, 0.707. The audio signal ap-
plied to the transmission path B comprises the output from
microphone 12R plus a signal equal to the difference between
the front and rear signals, aiso preferably attenuated by the
same preselected constant, i.e., 0.707.

At the playback or receiving station, a decoder 20 receives
the A and B signals and couples these signals in preselected
combinations to the loudspeakers 14F, 14R, 14X and 14L. As
indicated in FIG. 1, the signal fed to loudspeaker 14L is the A
signal alone. The sum of the A and B signals is fed to the front
speaker 14F after being attenuated by a factor 0.707. The B
signal alone is fed to the right loudspeaker 14R, and a signal
representative of the difference of the audio signals on A and
B is fed to the rear speaker 14X after being attenuated by a
factor of 0.707. As explained below, this combination of the
four signals (preferably with the indicated gain control) per-
mits location of a virtual sound source at any of the four loud-
speakers 14 (or any point on a circle defined by the speakers).

The theory of operation of the system illustrated in FIG. 1 is
now explained with reference to the diagrams of FIGS. 2A, B,
C and D. In the following, the letters F, R, X and L alone are
used to represent the respective voltage outputs from
microphone 12F,R, X and L.

Consider the relative amplitudes of the respective
microphone outputs F, R, X and L on the transmission paths A
and B to be as indicated in FIG. 1. Assume a sound source
directly in front of microphone 12F so that audio signal F has
a relative output of one, while the L, X and R signals are zero.
With the gain criteria established in FIG. 1, the signal on trans-
mission path A will be equal to 0.707F. The signal on channel
B also will be equal to 0.707F. Accordingly, the signal (0.707
[A+B) coupled to speaker 14F will be equal to F; the signal
coupled to speaker 14L(A) will be equal to 0.707F; the signal
coupled to speaker 14R(B) will be equal to 0.707F; and the
signal (0.707[A—B]) coupled to speaker 14X will be equal to
zero. This means that the audio power outputs of the left and
right speakers 14L and 14R (proportional to [0.707F]?) will
be three decibels down from that produced by the front
speaker 14F (proportional to F2), while no sound energy at all
will be emitted from speaker 12X. As a result, a listener
located at position 16 will consider the apparent location of
the sound source to be the speaker 12F.

FIG. 2B is a similar diagram for the case where the sound
source is directly to the right so that only microphone 12R
produces an electrical output. In this case, the signal on trans-
mission path B is equal to R, while there is no signal on trans-
mission path A. Consequently, the signal at speaker 14R is
equal to R, the signals coupled to the adjacent front and rear
speakers 12F and 12X have a relative amplitude of 0.707R (so
that the audio output is down 3 db.) and no sound is produced
at speaker 14L.

When the sound source is in the rear so that only
microphone 12X picks up a signal, as illustrated schematically
in FIG. 2C, the signals in both paths A and B will be equal to
0.707X. However, the polarity of the two signals will be op-
posite. Thus, the A signal may be considered equal to 0.707X
and the B signal equal to —0.707X. As a result, the A+B signal
fed to speaker 14F will be equal to zero and the A—B signal at
the rear speaker 12X (attenuated by 0.707) will be equal to X.
The signals fed to the adjacent left and right speakers 14L and
14R will be 0.707X (i.e., audio output down 3 db.) and of op-
posite polarity and the virtual sound source will in this in-
stance appear to be the rear speaker 14X.
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By the same logic, where the source is coupled only to the
left microphone 12L as illustrated in FIG. 2D, the sound
source will be located at the left loudspeaker 14L, with the
sound from the adjacent front and rear speakers 14F and 14X
being down 3db. (and of opposite polarity), and no signal at
the right speaker 14R.

The principles, as explained with reference to FIGS. 1, and
2A, B, C and D, are applicable regardless of where the actual
sound source is located. By a similar analysis, it can be shown
that a sound source can be located at any point on the circum-
ference of a circle around the listener by effectively creating a
sound “null” at the location oppaosite the desired source loca-
tion. The fact that the audio output of two speakers is reduced
for sounds which should appear to be coming from the
speaker between those two speakers also aids in creating this
directional effect.

Obviously, the speakers can be positioned in any desired
way (for example, two front speakers and two rear speakers)
to provide the same or similar effects. Moreover, it is unneces-
sary that the microphones be directional or that they be ar-

10

ranged to respond to sounds coming from the full circum- )

ference of a circle around the microphones. Indeed, it is ex-
pected that in many cases, the microphones will be arranged
with respect to a musical group so that each will respond to a
different instrument or section to create an artificial effect
during playback by causing the music to “surround” the
listener. These and other techniques are standard with respect
to four-channel stereophonic systems and are not a part of this
invention. The invention provides a way to recreate virtual
sound sources at any location with respect to a listener
wherein the audio signals are transferred on only two separate
transmission paths. As such, the invention may be used to
simulate actual listening conditions or to create artificial ef-
fects.

Any number of microphones can be used, including one, to
achieve the desired effect. For example, if the output of a sin-
gle microphone were coupled directly to channel A or channel
B, an audio output would appear at loudspeaker 14L or 14R,
respectively. If a signal of equal amplitude and polarity from a
single microphone were coupled to the A and B channels, the
sound source would be located at the loudspeaker 14F. If
audio signals of equal amplitude but opposite polarity were
applied to the A and B channels, the sound source would be
located at the rear speaker 14X. Creating a continuous transi-
tion between these conditions would give the effect of a mov-
ing sound source,

The principles of the invention may also be used in a three-
speaker system. Thus, consider two speakers 14L and 14R
located in front (left and right) of the listener and a third
speaker 14X directly behind the listener position. The signal
on channel A may be equal to L —0.5R -+H0.5X and the signal
on channel B equal to R —0.5L +0.5X. The A and B signals
would be coupled directly to the left and right speakers,
respectively, with the sum of the A and B signals being cou-
pled to the rear speaker X so that partial cancellation of the R
and L signals would occur at the rear speaker thus effectively
locating the X channel audio source at the rear speaker.

The foregoing principles may be applied to combine only
two signals (e.g., L -+0.707X and R —0.707X) on each of the
transmission paths A and B so that when the amplitudes of the
respective signals are properly combined with suitable con-
sideration for polarity (e.g., A, B and 0.707[{A—Bj) a desired
microphone output will predominate at a corresponding
speaker. In this case, the rear signal X will appear in all three
speakers with opposite polarity at the left and right speakers
14L and 14R. This will not prevent the desired directional ef-
fect since the combined outputs of two speakers fed by out of
phase voltages results in a virtual sound source without a
definitive location. Hence, in the case of an X signal alone, the
source can be located at the rear speaker 14X.

FIG. 3 illustrates the specific details of the encoding circuit.
The input signal from microphone 12L is applied through a
first resistor 50 to the negative input terminal of a first opera-
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tional amplifier 52. Similarly, the input signal from
microphone 12K is applied through a second resistor 54 to the
negative input terminal of a second operational amplifier 56.
The input signal from microphone 12F is applied equally to
the negative input terminals of both operational amplifiers §2
and 56 through resistors 66 and 68 respectively.

The input signal from the microphone 12X is applied

.through a resistor 70 to the negative inptt terminal of opera-

tional amplifier 52 and through a resistor 72 to the positive
input terminal of operational amplifier 56. The effect of this
arrangement is that the input signal from microphone 12X is
applied to coded channels A and B with opposite polarity and
equal amplitude.

Coded channel A is obtained through a small isolating re-
sistor 58 at the output of operational amplifier 52 and coded
channel B is obtained through a similar resistor 60 at the out-
put of operational amplifier 56. Both operational amplifiers 52
and 56 are provided with resistive feedback loops connecting
their output terminal and their negative input terminal. These
feedback paths include resistors 62 and 64 respectively.

The operational amplifiers used in the encoder are well
known devices and are represented in a standard way. Each
includes negative and positive input terminals and a feedback
resistor as indicated. The signal levels on the negative inputs
are independent of the resistors in the other negative inputs
and each appears at the output with an amplitude equal to its
input level times the ratio of its feedback resistor (e.g. 62) to
the input resistor (e.g. 70) (assuming input channel source im-
pedance is low). All negative inputs are combined at the out-
put with the same polarity. The signal on the positive input is
subtracted from the signals on the negative inputs at the am-
plifier output, but is dependent to an extent on the resistors in
the negative input channels. Hence, a compensating resistor
86 is provided in the positive input to provide the precise am-
plitude relationship desired.

The relative amplitudes of the four input signals from
microphones 12F, R, L, and X are adjusted by selection of the
values of the resistors in the circuit. Thus, the level at which
the signal from microphone 12X is applied to coded channel
A is determined by the ratio of the resistance of resistor 62 to
the resistance of resistor 70. The level at which the signal from
microphone 12X is applied to coded channel B is determined
by relationships in the resistances of resistors 68, 54,72, 86
and 64.

In a preferred embodiment of the invention, as explained
above, the amplitude level at which the signals from
microphones 12F and 12X are applied to coded channels A
and B is reduced (relative to the gain of the L and R signals)
by a factor of approximately 0.707.

Additionally, it may be desirable to weight the frequency
response of the signals from microphone 12X for reasons to be
described hereinafter. This may be accomplished by closing
switches 74 and 76, thereby bringing into the circuit, in paral-
lel with resistors 70 and 72, the series combinations of capaci-
tor 78 with resistor 82, and capacitor 80 with resistor 84,
respectively. The positive input terminal of operational ampli-
fier 56 is connected through an appropriate resistor 86 to
ground, and the positive input terminal of operational amplifi-
er 52 is grounded. The series combination of capacitor 80 and
resistor 84 and the series combination of capacitor 78 and re-
sistor 82 can be selected to have the effect of emphasizing the
high frequency content of the signals in the rear channel.

In a preferred embodiment of the invention, the values of
capacitors 74 and 76 and the resistance of resistors 82 and 84
are selected so that the components of the signal in the rear
channel having a frequency over approximately 3,000 Hz. are
emphasized approximately 6 db. over those components
below 3,000 Hz. The preemphasis introduced by the closing of
switches 74 and 76 will be reversed at the reproduction end of
the system at a point after the signal to be applied to speaker
14X has been derived from the coded signals A and B. This
use of preemphasis and deemphasis serves to minimize trans-
mission from the left and right channels into the rear output
channel.
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FIG. 4 shows a simple decoding circuit for use in conjunc-
tion with the system of FIG. 1, The signal in coded channel A
is applied directly to speaker 14L and the signal in coded
channel B is applied directly to speaker 14R. The signal for
speaker 14F is derived by taking the sum of the Signals in
coded channels A and B, added in phase and with a selected
relative decrease in amplitude. The signal coupled to speaker
14X is derived from the difference of the signals in coded
signal channels A and B at equal amplitudes with a selected
relative decrease in amplitude.

Specifically, in the circuit of FIG. 4, the signal in coded
channel A is applied at the primary winding 88 of a first trans-
former and the coded signal in coded channel B is applied at
the primary winding 92 of a second transformer. The signal for
speaker 14L is taken across primary winding 88 while speaker
14R is connected directly across primary winding 92. Both
transformers are provided with first and second secondary
windings; the first transformer having secondary windings 96
and 98 and the second transformer having secondary windings
100 and 102. The signal for speaker 14F is taken across secon-
dary windings 96 and 100 connected together in series addi-
tion as shown. The signal for speaker 14X is taken across
secondary windings 98 and 102 which are connected together
in series opposition so that it equals the difference between
the signals in channels A and B. The turns ratio between the
primary and secondary windings is selected so that the voltage
at each of the four secondaries will be 0.707 times the voltage
at the primary.

If preemphasis is employed in the rear or X channel of the
encoder, deemphasis should be employed in the correspond-
ing X channel of the decoder. This may be accomplished by
employing a simple circuit functionally similar to that in-
troduced by the closing of switches 74 and 76 in FIG. 2, but
having the opposite effect. Any of such circuits, well known in
the art, may be used. .

The invention as described in FIGS. 1 through 4 is a rela-
tively simple device which, by virtue of the preferred selection
of amplitude ratios, provides three-decibel separation
between adjacent speakers and complete separation between
opposite speakers. It is obvious that numerous circuits other
than those illustrated in FIGS. 3 and 4 can be used to provide
the functions of the encoder and decoder. Operational am-
plifiers or transformers or combinations thereof may be used
with either or both devices to provide the required functions.
It is possible for the decoder to be located preceding or follow-
ing the power amplifiers. In the latter case, only two power
amplifiers are required for all four channels which means that
existing stereo systems can be adapted merely by adding the
decoder and two speakers at the receiving or playback station.

The three-decibel separation between adjacent speakers
provided by the preferred embodiment of the invention pro-
vides the desired result, i.e., location of a virtual sound source
at any place on a circle around a listener. However, to further
enhance the effect, it may be desired to increase the separa-
tion between adjacent speakers beyond 3db. This can be ac-
complished in a number of ways, some of which are of particu-
lar utility with the invention and, as such, may be considered
to be an improvement over the basic system of FIG. 1. Four
such improvements are described below with reference to
FIGS.5,6,7,8and 9.

FIG. § is a block diagram of a simplified form of a gain con-
trol circuit which varies the gain of any pair of “diagonal”
channels (e.g., left—right) with respect to the other diagonal
channels. Hereinafter, by diagonal channels is meant the com-
bined left and right channels or the combined front ard rear
channels as defined with reference to FIG. 1.

Since, in accordance with the invention, an input from any
given microphone will appear in three adjacent speaker chan-
nels with maximum gain in the speaker channel corresponding
to the microphone, the directional effect can be enhanced by
decreasing the gain of the two speakers on either side of the
desired speaker. In the system of FIG. 1 these two speakers
must always be either the front and rear speakers 14F and
14X, or the left and right speakers 14L and 14R, i.e., the
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speakers of a diagonal pair of channels. It can also be shown
that where the absolute value of the A signal is equal to the ab-
solute value of the B signal (i.e., the waveforms are identical
except for possibly opposite polarity), the sound source
should either be located at the front or rear speaker. Thus,
when this condition exists it is desirable that the gain of the
A+B (front) and A—B (rear) channels be maximum relative to
the gain of the A (left) and B (right) channels. Similarly, when
either the A or B channel signal is zero or the waveforms in A
and B are unrelated, the sound source should be located at the
left or right speaker, in which case the gain of the A+B and
A~—B channels should be minimum relative to the gain of the A
and B channels.

The foregoing shows that the separation between the output
channels of FIG. 1 (and thus the directional characteristics of
the audio output) can be improved by simultaneously varying
the gain in each pair of two diagonal channels alternatively to
controlling the gain in each of the individual channels. It is
also necessary that the gain in one pair of diagonal channels be
accompanied by an appropriate decrease in the gain of the
other diagonal channels. Otherwise, an increase in gain (for
example) to enhance the directional characteristic of a signal
would result in a volume change of the audio output as a func-
tion of direction. However, by simultaneously decreasing the
gain in one pair of diagonal channels while increasing the gain
in the other diagonal channels it is possible to maintain the
total power at the speakers constant, and separation between
adjacent speakers can be improved without changing the total
volume of the system. These functions are performed by the
systems illustrated in FIG. 5.

In FIG. 5, the decoder output is shown at the left. The four
signals A, B, 0.707(A+B) and 0.707(A—B) are coupled to
respective variable gain amplifiers 110L, R, F, and X, which
provide the signals for driving the four speakers as indicated.
The A and B channels are also coupled directly through high-
pass filters 112A and.112B to absolute value circuits 114A
and 114B. The absolute value circuits 114 may comprise full-
wave rectifiers the outputs of which are of the same polarity.
These signals, representing the absolute value of the A and B
signals, are fed to respective logarithmic amplifiers 116A and
116B, which are well-known devices, providing output volt-
ages equal to the logarithm of the applied input voltage. The
outputs of these amplifiers 116A and 116B are coupled to the
negative and positive inputs, respectively, of an operational
amplifier 118 which subtracts the two signals providing an
output equal to log |A|-log |B|(i.c., log {A/B|). This signal
is then fed through another absolute value circuit 120 and an
averaging network 122 (an integrating circuit) to,a gain con-
trol generator 123 which controls the gain of the two pairs of
variable gain amplifiers 110L, 110R and 110F, 110X as a
function of the output of amplifier 118.

As indicated above, where the absolute values of the A and
B signals are equal, the gain of amplifiers 110F and 110X
should be maximum and the gain of amplifiers 110L and 110R
a minimum. When this condition exists, the output from the
operational amplifier 118 will be equal to zero and the gain of
amplifiers 110F and 110X should be a maximum (e.g., unity)
while the gain of amplifiers 110L and 110R is a minimum
(e.g., zero). At the other extreme, where either the B or A
signal is equal to zero or the waveforms in A and B are unre-
lated, the output of the amplifier 118 will be a maximum
(theoretically infinite but limited in practice to a definite
value, for example, 9 volts). This maximum voltage causes the
gain control generator 123 to provide output voltages which
maximize the gain of amplifiers 110L and 110R and minimize
the gain of amplifiers 110F and 110X,

For conditions between those described above, the gains of
the respective pairs of amplifiers 110 will be appropriately
controlled by generator 123, Mathematically, it can be shown
that the curve of the required gain as a function of log A-log B
(the voltage output of 118) approximates a square root curve
to yield constant total acoustical power output, with the gains
in the respective diagonal channels being equal (for example,
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to 0.707) when the ratio of Ato B (or Bto A) is about 2.4,
The following equations may be used to determine the gain
control voltages from

. Y T4Al _ Tt 4
1fLR=AVﬁ_Tlog E'dt, Vpx—Km/l—J;_TIog’—E‘dt

where T is the time constant of the averaging circuit 122, and
K is a constant,

The purpose of the high-pass filters 112A and 112B is to
prevent the passage of low-frequency signals which might
otherwise appear on the inputs to the variable gain amplifiers
116 and possibly modulate the amplifier inputs. The averaging
circuit 122 should respond to changes in the output of the am-
plifier 118 quickly enough so that the ear does not notice the
delay, but not so fast as to pass the actual wave form to the
amplifiers 110. As an example, a 20 millisecond charging rate
has been found satisfactory for practical purposes.

To stabilize the action of the gain control circuits of the
decoder (of FIG. 5) it may be desirable to mix slightly the A
and B signals at the encoder output {or the left and right in-
puts to the encoder) to minimize excursions of the A/B signal
ratio. Conversely, to prevent the log of this ratio from going to
Zero, constant phase differences may be introduced between
the respective front (rear) signals applied to the A and B chan-
nels at the encoder. This has the effect of restricting gain con-
trol action to a relatively narrow range so that the gain control
action will not be audibie at the speakers. Such mixing can be
done in proportions which will accomplish the desired result
without materially degrading the audio characteristics. Where
extreme channel separation is required, this technique would
not be used.

As noted previously, there are many different ways of con-
trolling the gain in the respective channels to provide the
desired directional enhancement at the speakers. The embodi-
ment illustrated and described with reference to FIG. 5is a
relatively inexpensive way of providing the desired gain con-
trol of the respective pairs of speakers. An equivalent circuit
could compare the logs of A and B and the logs of A and —B,
take the absolute value of these two signals, average them and
use the combined value as a control signal for gain control.
This equivalent circuit would accomplish the same results, but
would probably require more components and thus be more
costly.

Of course, it is not necessary that the gain of diagonal chan-
nels be concurrently controlled to improve the directional
characteristics of the audio output. Various well-known
means may be provided in each of the output channels (A, B,
A+B and A—-B) to increase or decrease the gain of the signal,
depending upon its relationship to a preselected level. For ex-
ample, FIG. 6 illustrates a circuit which may be placed in each
of the four output channels to control the gain of these chan-
nels independently. It inciudes a series connected device 124
having a high negative thermal resistance coefficient and a
device 125 having a high positive thermal resistance coeffi-
cient across the channel. If the signal from the decoder in-
creases above a value which may be nominally selected to pro-
vide a gain of 1, the resultant temperature increase of devices
124 and 125 will cause a simultaneous decrease in resistance
of device 124 and increase in resistance of device 125. This
impedance change will cause an increase in gain at the chan-
nel output. Similarly, reduced input signals will be attenuated
by increasingly greater amounts as the signal decreases from
the preselected nominal value. In this way, those channels
which carry the predominant signal will be provided with an
increase in gain relative to the other channels. This will
enhance the desired signals while attenuating the adjacent
channel signals thus improving the separation between ad-
jacent channels.

By way of example, device 134 may comprise a doped sil-
icon or other semiconductor element and device 125 maybea
common incandescent lamp. If desired, a capacitor may be
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10
placed in series with the parallel device 125 so that gain con-
trol is essentially provided only for high-frequency com-
ponents. Numerous other well-known devices also may be
used in place of the devices 124 and 125 or both of them.

FIGS. 7 and 8 illustrate a further embodiment of a gain con-
trol system employing the basic principles of the invention
wherein subsonic control tones are impressed upon the A and
B channels for the purpose of controlling the gain of the two
pairs of diagonal chanrels from the decoder 20. In describing
the operation of FIGS. 7 and 8, the microphones 12, speakers
14, encoder 18 and decoder 20 perform the same function as
the corresponding parts of FIG, 1 and therefore are not
described further. Ultrasonic, or other, tones can also be used.

To facilitate an understanding of this embodiment it is con-
venient to refer to power ratios rather than voltage ratios as
previously. The power which can be derived from a given
signal is directly proportional to the square of the voltage level
of that signal,

The signal recording means is illustrated in FIG. 7. The out-
puts of the front and rear microphones 12F and 12X are
sensed and coupled to a power-adding circuit 130, while a
similar power-adding circuit 131 sums the power outputs from
microphones 12L and 12R. These two power-adding circuits
are devices which produce output voltages directly propor-
tional to the total power which can be derived from the ap-
plied input voltages. Their output voltages are then summed in
an adding circuit 132, the output of which is thus proportional
to the total power in the four input channels.

The output of summing circuit 13§ is also coupled to a mul-
tiplier 132 which doubles this signal, thus providing a voltage
output equal to twice the power in the front and rear input
channels. The ratio of these two quantities (twice the power in
the front-rear channels to total power in all four channels) is
then computed by a ratio circuit 134 which, in turn, causes
respective A and B modulators 136 and 138 to modulate a 20-
cycle (or other subsonic) tone from oscillator 140, Ratio cir-
cuit 134 may be any of 2 number of well-known circuits and,
for example, may produce a direct output voltage having an
amplitude proportional to the ratio of the applied input volt-
ages and a polarity indicative of whether the measured ratio is
greater or less than one.

Modulators 136 and 138 may be adapted to amplitude-
modulate the 20-cycle tone from oscillator 140 with respect to
a preselected level, depending upon the magnitude and polari-
ty of the applied control voltage from the ratio circuit 134.
When the A modulator 136 provides a tone of increased am-
plitude, the B modulator 138 should be providing a tone of
proportionately decreased amplitude. These modulated tones
are then added to the A and B outputs of encoder 18 to pro-
vide the signals which are to be conveyed by the two-channel
transmission path and which, in this particular embodiment,
are indicated as A’ and B'.

The receiving end of the system is illustrated in F 1G. 8. Two
high pass filters 142 and 144 are used to separate the audio
control tones from the A and B audio signals on the A’ and B’
channels. These A and B signals from the filters 142 and 144
are coupled to decoder 20 to provide the four output channels
described above with respect to FIG. 1.

The contro! tenes from the filters 142 and 144 are coupled
to a gain control generator 146 which controls the gain of vari-
able gain amplifiers 148R, F, L, and X to increase the gain of
one pair of diagonal channels while appropriately decreasing
the gain of the other pair of diagonal channels. From the
preceding discussion of FIG. 7, it follows that the amplitudes
of the control tones will each be equal to twice the desired
power in their corresponding diagonal input channels divided
by the total power in the system. Each of these signals varies
from a value of zero to two and their sum should always equal
one. Accordingly, since the desired power ratios (i.e., the
power ratios at the microphones) are directly represented in
the control tone signals it is a simple matter for gain control
generator 146 to utilize these known ratios to control the gain
of amplifiers 148R, L and 148X, F to recreate the same ratios
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at the outputs of the amplifiers 148. This will necessarily
enhance the desired signals while deemphasizing these signals
which are not in their corresponding channels. The total
power will also not be varied due to directionality changes.
Generator 146 also serves as a normalizer to maintain the total
gain of the four channels such that the sum of the power in the
respective channels is maintained equal to a constant. This
prevents unwanted changes in the amplitude of the control
tone from affecting the volume of the outputs from the respec-
tive loudspeakers.

The embodiment of FIGS. 7 and 8 is capable of providing
substantial separation between any two adjacent channels.
However, in its basic form, this embodiment is not capable of
recreating the exact power ratio at the output speakers that
existed at the input from the microphones. Obviously, this
would be desirable since if it could be accomplished it would
recreate the power relationship existing at the microphones.
As explained with reference to FIG. 9, a further modification
is possible which enables the exact recreation of the power
ratio which existed on the input channels.

After encoding and decoding some signal *“spreading” oc-
curs at the speaker due to each input appearing at half power
in each of the outputs adjacent to the desired output (as well
as at full power in the desired output). That is, the outputs will
contain spurious signals in addition to wanted signals.

The following consequences follow:

1. The spurious signal power is equal to the wanted signal

power.

2. The sum of the powers of the signals in one pair of
diagonal channels is equal to that of the other pair of
diagonal channels.

3. The spurious powers in the two outputs of one pair of
diagonal channels are equal.

One step in bringing output powers to a level corresponding
to the respective input powers is to compute the necessary
change in the ratio of the total power in the right-left diagonal
channels to the power in the front-rear diagonal channels from
equality (as exists in the decoder output) to arrive at the
proper ratio. The diagonal pairs input power relation is availa-
ble from the subaudible frequency code signals or approxi-
mately from the analyzer circuits described herein.

Simply increasing the power gain for one diagonal pair
while decreasing it for the other would adequately adjust the
power relation between the two pairs of diagonal channels. It
would not assure the proper relation within a diagonal pair
(e.g., relation of P, to Py).

Note however that if one considers that half of the total
power (A, B, A+B, A—B) is spurious power, and if the adjust-
ment of power in diagonal pairs of outputs is such as to halve
the total power, then the reduction (in absolute terms) in
power in each output of a diagonal pair should be equal. This
is true because the origin of spurious power is such that it is
fed equaily into each output of a diagonal pair. Putting this
another way, one should maintain the power difference
between A and B (and between (A—B) and (A+B)) while
reducing overall power by an amount (one-half) correspond-
ing to the level of spurious signal power.

-In order to restore the decoder output powers (P,, Pg, P+,
P,—4) to relative values corresponding to encoder inputs the
adjusted powers Q,, Qg, Q,+5, Q,—5 should be as follows:

Q=% 14Ce)P [ 1—C1]Pp)

O=%([14C, 1P| 1-C,r]1Py)

Quts=%([1+Crg) Pty 1—Crgl P—s)
=% ([ 1+Crp] Py—5—( 1—CyglPsts)

Cir and Cpy are the code signal levels representing the part
of total input power in the left-right and front-rear pairs of
diagonal channels, respectively. Cpp+Cpy=1.

The gain G, for the A channel amplifier to produce the
power Q, is obviously

G =(Qu/P =% 14+Cig ][ 1—-Cry J(P5/Py)

Electronic analog computation systems implementing the
above formulas may be used to set each channel gain precisely
at the value to restore the output power to a relative value cor-
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responding to the corresponding input power. In practice this
need only be approximated to achieve excellent results. Vari-
ous types of such approximations are utilized in the systems
herein disclosed.

Obviously, the gains of all channels may be multiplied by
any common factor without disturbing the relative power
levels.

There are many circuits which can be used to achieve this
objective. One embodiment is illustrated in block diagram
form in FIG. 9, which shows only that portion of the circuit
which would be used for the right and left speakers 14R and
14L. This particular embodiment incorporates portions of the
circuit of FIG. 8 and such portions are numbered accordingly.
The control circuit for the front and rear channels (A+B and
A-—B) will be the same as that illustrated in FIG. 9, and is not
illustrated merely for purposes of convenience.

It is recalled that the outputs of the amplifiers 148 comprise
two pairs of signals (left-right and front-rear) which are
directly proportional in power to the power signals provided
by the input microphone pairs 12F, 12X and 12R, 12L. The
left and right channel signals are represented in FIG. 9 by the
letters A’* and B”’. The inputs to the amplifiers 148R and
148L are the A and B signals prior to any modification. In
FIG. 9, signals proportional to the power in and out of the
respective amplifiers are summed and a difference signal
generated to control the gain of two additional variable gain
amplifiers which in turn feed the speakers.

Suitable voltage squaring circuits 150R and 150L are shown
responsive to the A and B signals for producing direct voltages
which are proportional to the power to be derived from the
signals. These outputs are fed to a summing circuit 151 which
produces a signal proportional to the sum of these power
signals, i.e., P,+P5.

Similar voltage squaring circuits 152R and 152L produce
signals proportional to the power to be derived from the out-
puts of the amplifiers 148R and 148L represented as P,"’ and
Pg"’, and these latter signals are summed in a second summing
circuit 154.

The difference between these two power sums is deter-
mined by a difference circuit 156 which produces a signal pro-
portional to this power difference as indicated on the drawing.

As in the preceding circuits, amplifiers 151, 154 and 156
may comprise conventional operational amplifiers. In prac-
tice, the functions of the three illustrated amplifiers may be
accomplished by a single operational amplifier in an obvious
way.

A further operational amplifier 156 compares the mag-
nitude of the P, and Py signals and determines which of the
two channels should be increased and which decreased. In
each case, the change in gain is dependent upon the output of
the amplifier 156 but this output does not indicate which of
the two signals should be increased and which decreased.
However, it can be shown that when P, is greater than Py the
signal level and the A channel should be increased while the B
signal is decreased, and vice versa. Accordingly, a gain control
circuit 158 is responsive to the outputs of amplifiers 156 and
157 and produces two signals which are coupled to two addi-
tional variable gain amplifiers 160R and 160L in the A and B
channels, respectively. The gain control circuit 158 will in-
crease the gain of one of amplifiers 160R while equivalently
decreasing the gain of the other amplifier 160, depending
upon the polarity of the output of amplifier 157 and the am-
plitude of the output of amplifier 156. The gain control volt-
ages are such as to cause the respective outputs of amplifiers
160R and 160L, which are fed to the speakers 14R and 14L,
to have the same power ratio as existed at the outputs of the
microphones 12R and 12L.

As noted previously, the present invention is compatible,
and has utility, with all present commercial binaural
stereophonic systems. All that is required is that the two en-
coded channels derived pursuant to the principles of FIG. 1 be
recorded or transmitted, as the case may be, on the two availa-
ble channels. In the case of stereophonic records where the
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two channels are recorded in respective grooves disposed at
45 degrees with respect to the horizontal, the desired output
channels may be derived from suitable resolution of the
recorded signals in these channels alone. For example, the left
and right channels (i.e., A and B) would each be derived from
components of groove modulation (i.e., stylus motion) at 45°
from the surface of the record; the front or A+B channel
would be derived from components parallel to the record sur-
face (actually equal to 0.707A+0.707B); and the rear or A—B
channel would be derived from components perpendicular to
the record surface. These components are shown in FIG. 15 as
indicated thereon.

Where a stereo record has been recorded in accordance
with the invention, the record itself will differ from prior art
records in that the A+B signal can contain frequencies which
are not present in the A—B signal. In a prior art binaural stereo
record, the A+B and A—B channels necessarily will contain
the same frequencies. Because of the special form of encoding
provided by the invention, where there is complete separation
between the front and rear channels, as explained previously,
the rear signals will be cancelled in the front channel (A+B)
and the front frequencies will be cancelled in the rear channel
(A—-B).

No effort has been made in describing the basic invention
and preferred embodiments of various improvements upon
the basic invention to consider every possible method and ap-
paratus for practicing the invention. The following is a
description of an early form of the circuit intended to be used
as a decoder. In the equations below the term “log” is used to
designate logarithmic functions which have a polarity as deter-
mined by the polarity of the antilog.

In this embodiment of the invention, the gain associated
with each speaker is determined by a combination of a gain
control element serially connected in the respective channel,
and a gain control voltage generator whose output is coupled
to the gain control element. The audio signal in each playback
channel (A, B, A+B, or A—B) passes through the respective
gain control element. Then, according to the output signal of
the control voltage generator, the signal in the gain control
element is either enhanced or attenuated. When the output
signal of the control voltage generator is at a maximum, the
output of the gain control element is at a maximum, and vice
versa.

The gain control elements 203 and 204 are thus controlled
by an output voltage V,z produced by the control voltage
generator 210. The gain control element 208 is controlled by
an output voltage Vy produced by the control voltage genera-
tor 212, and the gain control element 216 is controlled by an
output voltage Vy produced by the control voltage generator
218. If desired, separate control voltage generators may be
respectively coupled to gain control elements 203 and 204
rather than just one (generator 21¢).

The expressions for each of the control voltages Vg, Vp,
and Vy are dictated by design considerations of the various
control voltage generators which produce these expressions,
as well as by the specific phase, waveform, and level cues
present in the original signals A and B which are to activate
the respective speakers.

For example, the desired acoustical reproduction requires
that the gain associated with the speakers of the left and right
channels increases as the ratio of the intensity levels of the
signals A and B diverges from unity, or their waveforms
become increasingly dissimilar. To achieve this result, the
control voltage V, applied to the gain control elements 203
and 204 may be represented by one of various expressions
below. In the following three equations A & B are absolute
values.

Viek [(A=BIA+B)|; Vi=k|log (A—BIA+B)|; V=k

(a/b}].

In accordance with this embodiment, however, the control
voltage generator 210 comprises analog circuitry which
furnishes a control voltage

V,,R='log(A/B)]+llog—(A/B) I—k |Iog(envA/ean) I—Vs.m

Jlog
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where the term “env” indicates the instantaneous value of the
intensity of the envelope voltage, independent of phase and
polarity, obtained by full wave rectification and smoothing of
the particular signal A or B. This control voltage V, then in-
creases as the loudness level associated with either the A or B
signals becomes stronger with respect to the other, or their
waveforms become increasingly dissimilar. A constant voltage
Vsarassures a positive value for the control voltage.

The gain in the front channel, on the other hand, is to in-
crease as the ratio of the intensity levels of each of the signals
A and B approaches unity (L=0), and as their waveforms
become similar and in phase. Accordingly, the expression for
the control voltage produced by the control voltage generator
212 may be

ViV s4r—|log (4/B)|.

The gain associated with the rear channel is to be activated
increasingly as the intensity level ratio of the signals ap-
proaches unity (L=0), and as their waveforms become similar
and of opposite polarity. Accordingly, the control voltage
generator 218 may provide an output expression

Vi=Vsar—|log (—A/B)/.

The construction of the control voltage generators 210,
212, and 218 is based upon analog circuits providing these
control voltages V5, Vi, and Vy, respectively. For example,
in order to sense loudness level differences, circuit means for
obtaining the log ratio of the intensity levels of the signals A
and B are required. These circuits may be incorporated into a
single structure as depicted in FIGS. 11, 12 and 13. Ac-
cordingly, the signals A and B are fed into the log ratio unit
220, the output of log ratio unit 220 being coupled to the ab-
solute value unit 221, its output being coupled to the averag-
ing filter unit 222. The output of the averaging filter is then
directed through an inverter 235, whose output along with the
voltage Vgg4ris applied to the input of the adder 232. The out-
put voltage V=V |log (4/B)| is then applied to one input
terminal of the gain control element 208 in the front channel.

Similarly, the control voltage Vy is provided by applying the
signal voltage B and the inverted signal voltage A (the output
of the inverter 239) to the log ratio means 223. The output of
the means 223 is coupled to the absolute value means 224,
which output is coupled to the averaging filter 225. The out-
put signal of the filter 225 is applied to the input of the in-
verter 236, the resulting inverted output being applied along
with the constant voltage Vygrr to the adder 233. The output
voltage VX=VS,,T-—\ log (—A/B)] is then applied to one input
terminal of the gain control element 216 in the rear channel
X.

The control voltage generator 210 comprises the absolute
value circuit means 226 and 230, averaging filters 227 and
231, log ratio means 228, absolute value means 229, inverters
237 and 238, and adder 234. The output of the filters 222 and
225 are respectively coupled along with the outputs of the in-
verters 238 and 237 to the input of the adder 234. The output
voltage V,z=llog (4/B)|+ |log—(A/B)| —k [log (envA/envB)|
~Vsar is then applied to an input terminal of the gain control
elements 203 and 204.

The specific circuitry constituting the various blocks of FIG.
11 is illustrated in FIGS. 13 and 14. Accordingly, the log ratio
means 220 and 223 comprise operational amplifiers AR,,
AR;, AR,, AR;, and ARy, transistors Q,—Qg, capacitors C,—C,
and C~Cy; and resistors Rg-R;;, RyRys Rog-Ry, and
R35-Ryg. The absolute value means 221 and 224 comprise
operational amplifiers AR;, AR, AR, and AR,,, diodes
Ds-Dyg, mestetors Ry Ry, Rar-Rs0, Rss, Rss, Rss, and Ry, and
capacitors C,; and Cyg.

The averaging filters 222 and 225 comprise operational am-
plifiers ARy and AR, capacitors C,~Cyg, and resistors Re,-Rg
s, Rer~Rys, Ryg, and Ry, The inverters 235 and 236 shown in
block form in FIG. 11 are unnecessary when negative voltages
are utilized for Vys,r and Vyg,r applied through resistors Ry,
and Rg; to the negative terminals of the amplifiers AR; and
ARy, as illustrated in FIG. 13.
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The inverter 239 comprises operational amplifier AR,, and
resistors R, and R. The adder 232 comprises operational am-
plifier AR,, resistors Ry, and Ry, and capacitors C,y and C,,.
The adder 233 comprises operational amplifier AR,,, capaci-
tors Cy, and C, and resistors Ry, and Rgs.

As illustrated by FIG. 14, the absolute value means 226
comprises operational amplifiers AR,; and AR, resistors R;,
R;, R, Ry, and Ry, diodes D, and D,, and capacitor C,. Ab-
solute value means 230 comprises AR, and ARy, resistors R 1
R;, Rg, Ry3, and R,;, diodes D, and D,, and capacitor C;.'

Averaging filter 227 comprises operational amplifier AR,;,
resistors Ry, Ry, Ryg, Rag, Ryy, Rz, Ry, and Ry, and capaci-
tors Cg, Cy, Cyg, Cyz, Cyq, and Cy. Averaging filter 231 com-
prises operational amplifier AR,,, resistors Ra0, Ras, Ras Ry,
R4z, Rz, Ry, and Ry, and capacitors Cy, Cy, Cyy, Cy3, Cqo, and

45-

Log ratio means 228 comprises operational amplifier AR,
ARy, ARy, transistors Q,—Q,, resistors Rys and Ry, Ry~Rs,,
R;7, and Ry, and capacitors C31—C,s. Absolute value means
229 comprises operational amplifiers ARy, and AR,;, resistors
Rei, Res, Rys, Ryg, and Ry, and diodes Dy and Dy, Adder 234
comprises operational amplifier AR, resistors Rys~Rg;, Ry,
and capacitor C,,.

It is to be noted from FIG. 13 that the outputs of the opera-
tional amplifiers AR, and ARy, are actually negative, and are
applied to the positive terminals of the adder amplifier AR,
and AR . This fact, plus the fact that negative supply voltages
(—15 volts) are utilized for Vy,,, enables the omission of the
inverters 235 and 236. In like manner, the use of a positive
supply voltage for Fy,r (FIG. 9) applied to the negative input
of amplifier ARz, and the application of the positive voltage
of the output of the amplifier AR obviates the need for inver-
ters 237 and 238. Negative outputs at the Z and Y terminals
shown in FIG. 13 are then applied to the negative input ter-
minal of amplifier AR, as shown in FIG. 14.

Neither the expressions for Vg, Vr, or Vy nor the specific
circuitry illustrated in FIGS. 11, 13 and 14 for providing these
functions is critical to the present invention. Accordingly vari-
ous other circuitry providing the desired result may be utilized
to control the gain of the respective speakers. Even if the con-
trol voltage generators are employed in conjunction with the
gain control elements to provide this gain control function, a
different spatial arrangement of the speakers, a different
number of channels, or mere economy may dictate entirely
different circuitry for the generators.

As a specific feature of the present invention, each of the
gain control elements 203, 204, 208, and 216 comprise cir-
cuitry as illustrated in FIG. 12. The heart of the circuitry in-
cludes a semiconductor diode light source Dy, and a photo-
responsive resistor PRy, The light emitting diode Dyy; may be
of gallium arsenide, for example.

As the current through the diode Dy, increases, an increas-
ing amount of light is thereby emitted which reaches the pho-
toresistor PRy, This results in a corresponding decrease in
the resistance of the photoresistor, and current flowing
through the photoresistor PRy, is thereby enhanced. Any
decrease in current through the light emitting diode then
similarly results in a decrease of current flowing through the
resistor PRy,.

Accordingly, current representing the audio signal, for ex-
ample, the left channel, passes through the photoresistor PR,
and thereon through the emitter follower amplifier arrange-
ment including Q,o; and Qy,,. The control voltage, V,, for ex-
ample, is applied to the other input terminal. As V. increases
in response to the various level, waveform, and/or phase cues,
as described above, this causes the corresponding enhance-
ment of the signal current through the photoresistor, and con-
sequently the enhancement of the output voltage Vour. This
increased voltage V,,p thus increases the gain associated with
the loudspeaker in that channel, in this instance loudspeaker
14L. As the control voltage V,, decreases, the opposite effect
occurs. In like manner the gain of the other transducers may
be controlled.
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Although not illustrated in the drawing, it may be desirable
to add a series resistor and capacitor (RC circuit) in parallel
with the photoresistor PRy, so that both gain and frequency
response may be simultaneously controlled. Thus, the
frequency response may be narrowed for low levels of current,
and turntable rumble and 60 cycle noise may be eliminated at
these low levels.

The circuits described with reference to FIGS. 12, 13 and
14 may be constructed using conventional circuit components
having desired values. The circuits may be of conventional dis-
crete components or may utilize integrated circuits of
monolithic or hybrid construction. As an example, however,
of typical component values, the circuits illustrated in these
figures were constructed employing components having the
following values:

OPERATIONAL AMPLIFIERS

AR, AR;-AR,;, AR -ARy,, P85AU(Philbrick-Nexus)

ARy~ARy

AR:~AR,, AR;3, ARy P2SAU
TRANSISTORS

Q. Q3 Q;, Q1. Qu, ¥%-PL1/P (Philbrick-

Nexus)

Qz, Q4. Qo Qu, Qo ¥%-PLI/N

Q1015 Quos 2N3707

Quoz, Quoy 2N3704
DIODES

D\-D,o IN914

Do, TIXL.0O9
RESISTORS

Riy Ray Ry=Ryy Ryg, Ry, Ryg 200k

Ryt Rir-Rso, Ryg—Rey, Reg

Rau, Ryy :

R“—RII' RIS_RIEI RlSI R-lﬂ lok

Ry, Ry

Riz2, Riz, Rss, Ry, Ris, Rug 100k

R&Tv RM) RN“! RHH—R“h RM_R"7

R102

Rs Ry 22k

Ris~Ris, Ry1, Ryg 4.7k

Rug, Ryo, Raa, Rayy Raz, Reg 56k

Rp, Ryy

Rty Razy Rygy Reg, Ryt Ry 220k

Rai, Ras, Rezy Ras, Ryy, Ryg

Ras, Rao, Ras, Ryo 860k

Ras~Ray, Rsz, Rsay Raos, Rygs 180k

Ra~Raz, Rig, Rz, Rag, Ray 156k

Reas 470k

Rio4 Rzos 180

Rzos 330

Rzon 1.8k

Rai, Ruz, Ryy 25k linear pot.

Rao1 $ 0k linear pot.
CAPACITORS

C~C5,Cyy, Cae 6.8pf.

C4, Cs, C14=Ciy, Co3=Cye 100pf.

Cn_cll

Ca, C7, Cizy Cigy Cay, Cay

Caay cyy 0.03mf.

Ci-Cyy, Crp-Cyp 0.12mf.

Cins Cag, Cyss Cy 0.012mf.

Cip Caa0 Cau 0.05mf.

Caor {0mf,

Croz 120mf.
PHOTORESISTOR

PRaor CL3AL (Clairex)

In the gain control embodiment of the invention shown in
FIG. 5, where the channel gain is controlled as a function of
the instantaneous value of the A and B signals, an error can
occur if different input signals of approximately equal am-
plitudes are coupled to the encoder by the front and rear
microphones 12F and 12X. In this case, assuming no other in-
put, the A signal will differ from the B signal which, as ex-
plained previously, will cause the gain in the left and right out-
put channels to be maximized while the gain in the front and
rear channels is minimized. Analogously, where the logs of the
envelopes are compared (as in the embodiment of FIGS.
10-14), the appearance of different signals of approximately
equal amplitudes on the left and right microphone inputs will
cause an error in the output by minimizing the gain of the left
and right speakers while maximizing the gain of the front and
rear speakers. From a practical viewpoint, this condition in
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most cases does not affect the utility of the invention particu-
larly where there is suitable control of the audio material
being recorded (or transmitted). However, if this error should
prove to be a problem, it is conceivable that two systems such
as shown in FIGS. 5 and 11 could be combined by deriving
both control signals simultaneously and averaging these con-
trol signals to provide the final gain control. One way to effec-
tively “‘combine™ the two systems would be to include an
averaging circuit (such as 221 and 222) in series after each of
the absolute value circuits 116A, 116B of FIG. 2, with an ad-
justable resistance in shunt around the added components,
When the averaging circuit is shorted out (the resistance is set
to zero), the instantaneous ratio of A/B is sensed as in FIG. §.
At infinite resistance the circuit senses the ratio of envelope A
to envelope B (FIG. 11). At intermediate resistance, combina-
tions of the two are sensed.

The signal source of the present invention having three or
more signals encoded in two is also compatible with and will
playback through conventional monaural and two channel
stereophonic speaker arrangements. Various modifications of
the disclosed embodiments may also be employed while still
utilizing the principles of the present invention. For example,
while the reproduction or playback apparatus has particular
applicability when a two channel signal source is used, addi-
tional playback channels may also be coupled to a three or
more channei signal source, the speakers associated with each
channel being activated by cues present in one or all of the
three or more source signals.

Additional channels may be coupled to the stereo signal
source, their respective gains being determined by other
defined relationships in the signals A and B. Thus, a fifth or
sixth channel may be added, for example, the gain associated
with the left and right channels increasing responsive to dis-
similar waveforms and unequal loudness levels of signals A
and B; the gain associated with the fifth and sixth channels in-
creasing with similar waveforms and unequal levels. The loud-
speakers in these channels may be added at any point around
the listener, thereby enabling the location of the virtual sound
source at additional points around a 360° circle, or even in
another plane perpendicular to that of the four channels.

For purpose of convenience reference has been made
herein to polarity differences which may be considered as
phase differences of 180°. This is preferred because of the
relative ease of “inverting” a signal to obtain a reversal of
polarity. The principles of the invention may also be employed
with other phase relationships by using known devices which
arc capable of providing substantially constant phase shifts for
all frequencies in the audio band of interest. Instead of polari-
ty or phase relationships, it may be possible to utilize time
delays for encoding the respective channels with complemen-
tary time delays in the decoder.

Various other modifications may be made to the above
described embodiments by one ordinarily skilled in the art
without departing from the spirit and scope of the invention.

What is claimed is:

1. For use with a stereophonic sound system wherein a
receiver means couples audio data to at least four separate
speakers and wherein audio signals are transmitted to said
receiver means on only two channels A and B, a recording or
transmitting network, comprising

means for coupling a first signal desired to be coupled to a

first speaker to at least one of said channels with a
preselected amplitude and polarity,

means for coupling a second signal desired to be coupled to

a second speaker to at least the other of said channels
with a preselected amplitude and polarity,

means for coupling a third signal desired to be coupled to a

third speaker to both A and B channels with the same
polarity in both channels and preselected amplitudes in
sai¢ channels, and

means for coupling a fourth signal desired to be coupled to a

fourth speaker to both A and B channels with opposite
polarities in the two channels and preselected amplitudes
in said channels,
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2. A recording or transmitting network according to claim
1, further including means for reducing the amplitude of said
third and fourth signals relative to said first and second signals,
respectively, in said A and B channels.

3. A recording or transmitting network according to claim
2, wherein said amplitude reducing means reduces the am-
plitude of said third and fourth signals by substantially the
same amount.

4. A recording or transmitting network according to claim
3, wherein said amplitude reducing means reduces the am-
plitude of said third and fourth signals by a factor of approxi-
mately 0.707.

5. A recording or transmitting network according to claim
1, including means for superimposing a control tone on at
least one of said channels, said contro} signal being dependent
upon the relative signal strengths of said first, second, third
and fourth signals.

6. A recording or transmitting network according to claim
§, including means for superimposing a control tone on each
of said A and B channels, each of said control tones being de-
pendent upon the ratio of the total signal power in two of the
channels to the total power in al! four channels.

7. For use with a stereophonic sound system wherein a
receiver means couples audio data to at least four separate
speakers and wherein audio signals are transmitted to said
receiver means on two channels A and B, a recording or trans-
mitting network, comprising:

at least four acoustical-electrical transducer means for

producing, respectively, at least four audio signals to be
transmitted,

means for coupling a first signal desired to be coupled to a

first speaker to at least one of said channels with a
preselected amplitude and polarity,

means for coupling a second signal desired to be coupled to

a second speaker to at least the other ‘of said channels
with a preselected amplitude and polarity,

means for coupling a third signal desired to be coupled to a

third speaker to both A and B channels with the same
polarity in both channels and preselected amplitudes in
said channels, and

means for coupling a fourth signal desired to be coupledtoa

fourth speaker to both A and B channels with opposite
polarities in the two channels and preselected amplitudes
in said channels.

8. For use in a sound reproducing system capable of locat-
ing virtual sound sources at essentially any point on a circle
surrounding a listener position, wherein audio information
corresponding to four separate directional inputs is trans-
mitted on a two-channel transmission path and wherein there
are provided at least four loudspeakers adapted to be arran ged
around a listener, the combination comprising:

means for coupling the signal on at Ieast one of said chan-

nels to a first of said speakers,

means for coupling the signals on said first and second chan-

nels to a second speaker with the same polarity and a
preselected amplitude relationship,

means for coupling the signal on at least the second of said

channels to a third speaker, and

means for coupling the signals on said two channels to a

fourth speaker with opposite polarities and a preselected
amplitude relationship.

9. The combination according to claim 8, wherein said first
and third speakers define a diagonal intersecting a diagonal
defined by said second and fourth speakers.

18. The combination according to claim 8, wherein the
signals fed to said second and fourth speakers are reduced in
amplitude relative to the signals coupled to the first and third
speakers.

11. For use in a sound reproducing system capable of locat-
ing virtual sound sources at essentially any point on a circle
surrounding a listener position, wherein audio information
corresponding to four separate directional inputs is trans-
mitted on a two-channel transmission path and wherein there
are provided at least four loudspeakers adapted to be arranged
around a listener, the combination comprising:
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means for coupling a signal on at least one of said channels

to a first of said speakers,

means for coupling the signal on at least the second of said

channels to a third speaker,

means for coupling the signals on said first and second chan-

nels to a second speaker with the same polarity and with
their amplitudes reduced by a factor of approximately
0.707 relative to the amplitude of the signals coupled to
said first and third speakers, and

means for coupling the signals on said two channels to a

fourth speaker with opposite polarities and with their am-
plitudes reduced by a factor of approximately 0.707 rela-
tive to the amplitude of the signals coupled to said first
and third speakers.

12. The combination according to claim 10, wherein each
of said coupling means includes variable gain amplifier means,
said combination further including gain control means for
varying the gain of said variable gain amplifier means so as to
increase separation between adjacent speakers.

13. The combination according to claim 12, wherein the
gains of the variable gain amplifier means associated.with the
first and third speakers are maintained equal and the gains of
the variable gain amplifier means associated with said second
and fourth speakers are maintained equal.

14. The combination according to claim 12, wherein said
gain control means includes means for computing the instan-
taneous value of the ratio of the signal amplitude in one of said
channels to the signal amplitude in the other of said channels.

15. The combination according to claim 12, wherein said
gain control means comprises means for comparing the en-
velopes of the signals in said channels.

16. The combination according to claim 13, wherein the
gain of said variable gain amplifiers associated with said first
and third speakers is minimum and the gain associated with
said second and fourth speakers is maximum when said ratio is
equal to one, and wherein the gain of the variable gain am-
plifiers associated with said first and third speakers is a max-
imum and the gain of the amplifiers associated with said
second and fourth speakers a minimum when there is no signal
in either one of said channels.

17. The combination according to claim 16, wherein said
gain control means varies the gain of said variable gain am-
plifiers so as to maintain the total power coupled to said
speakers at a substantially constant level.

18. The combination according to claim 12, wherein said
gain control means includes means responsive to a modulated
tone on at least one of said channels.

19. The combination according to claim 12, wherein said
gain control means includes means responsive to modulated
control tones on each of said channels.

20. The combination according to claim 12, including
further variable gain amplifier means and gain control means,
said further gain control means adapted to control the gain of
said further variable gain amplifiers and responsive to voltages
dependent upon (a) the power differential between the inputs
and outputs of the first-named variable gain amplifiers as-
sociated with the first and third speakers and (b) the power
differential between the inputs and outputs of the first named
variable gain amplifiers associated with the second and fourth
speakers.

21. A stereophonic sound system wherein audio signals are
transmitted on only two channels A and B, in combination, an
encoder and a decoder,

said encoder comprising

means for coupling a first signal desired to be coupled to a
first speaker to at least the A channel,

means for coupling a second signal desired to be coupled
to a second speaker to at least the B channel,

20

25

30

35

40

45

50

55

60

65

70

75

20

means for coupling a third signal desired to be coupled to
a third speaker to both A and B channels with the same
polarity in both channels, and

means for coupling a fourth signal desired to be coupled
to a fourth speaker to both A and B channels with op-
posite polarity in both channels,

said decoder com .rising . .
means for coupling the signal on one of said channels to a

first of said speakers,

means for coupling the signals on said first and second
channels to a second speaker with the same polarity,

means for coupling the signal on the second of said chan-
nels to a third speaker, and

means for coupling the signals on said two channels to a
fourth speaker with opposite polarities.

22. A method of recording or transmitting at least four
directional audio information signals on two channels com-
prising

forming at least two composite signals each of which in-

cludes at least three of said audio information signals in
preselected amplitude and phase relationships, at least
one of said audio information signals having a different
phase in each of said composite signals, said amplitude
and phase relationships being such that four combina-
tions of said two composite signals with preselected phase
and amplitude relationships will yield four separate
signals in which respective ones of said four directional
signals are predominant.

23. A method of recording or transmitting at least four
directional audio information signals according to claim 22,
wherein at least one of said audio information signals has the
same relative phase in each of said composite signals and at
least one of said audio information signals has opposite phase
in each of said composite signals.

24. A method of recording or transmitting at least four
directional audio information signals according to claim 22,
wherein at least some of said phase relationships are equal to a
phase difference of 180°,

25. A method of substantially reproducing at least four in-
dividual directional audio information signals which are con-
tained in two information channels, wherein the signal in each
of said channels comprises a combination of at least three of
said directional signals with preselected phase and amplitude
relationships, comprising

deriving said four output signals from the signals in said two

channels, at least one pair of said output signals being
derived by combining the signals in said channels with
preselected phase and amplitude relationships wherein
different phase relationships are used to derive each
signal of said pair of signals, the remaining output signals,
if any, being derived from the signals in one of said chan-
nels, whereby a different desired one of said four
directional signals is predominant in each of said four out-
put signals.

26. A method of substantially reproducing at least four in-
dividual directional audio information signals according to
claim 25, further including the step of controlling the gain of
at least some of said four output signals depending on a
preselected comparison of the signals in said two channels.

27. A method of substantially reproducing at least four in-
dividual directional audio information signals according to
claim 25, wherein at least one of said output signals is derived
by combining the signals in said two channels with a zero
phase shift and at least one other of said four output signals is
derived by combining said signals in said two channels with
one of said signals in said two channels being shifted in phase
by 180°.
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