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MULTI-CHANNEL TRANSMITTER/RECEIVER SYSTEM
PROVIDING MATRIX-DECODING COMPATIBLE SIGNALS

m DESCRIPTION

Technical Fiel
5 The present invention relates in general to an apparatus and a method for multi-
channel encoding and decoding. In particular, in a system delivering discrete multi-channel
signals, the present invention provides for the encoding of signals which are compatible

with both matrix decoders and discrete multi-channel decoders.

Background Art
10 There is considerable interest in the field of audio signal processing to provide for
systems which can efficiently deliver muitiple channels of audio information. Systems
which have more than one channel are attractive because they are capable of presenting
more realistic three-dimensional sound fields than systems with only one channel. Within
some limits, the ability to accurately reproduce:three-dimensional sound fields increases as
15  the number of channels increases. For example, some motion picture playback systems use
four or more channels to reproduce a motion picture soundtrack. Current motion picture
standards for future systems include five full-bandwidth channels and a sixth narrow-
bandwidth channel for low-frequency effects. It is expected that soundtracks with four or
more channels will be carried by video cassette tapes and optical discs as well. Proposed
20  standards for Advanced Television (ATV) and High-Definition Television (HDTV) also
include specifications for similar audio systems.
One- and Two-channel Media
Despite the dimensional superiority of systems with three or more channels, the
most common playback systems have only one or two channels. Playback systems with
25  three or more channels are not as common because they are relatively expensive and
because there are very few media available to deliver more than two channels of high-
quality audio information. The most common media, such as motion picture soundtracks,
‘radio and television broadcast signals, magnetic tapes and phonograph records, usually
provide either a one-channel forimat or a two-channel format.
30 Matrix encoding is one technique commonly used to provide three or more playback
channels in spite of the two-channel media limitation, Accordmg to thxs techmque sngnals
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"transmission channels,"” which are subsequently decoded into signals played back over
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several "presentation channels.” Throughout this discussion mention is made of encoded
signals which are transmitted, but it should be understood that the discussion also applies to
encoded signals which are stored for subsequent use. Reference to transmitters and
receivers should be understood to also include reference to encoders and decoders, as
appropriate,

The way in which the source channel signals are combined is prescribed by an
encoding matrix. The encoding matrix is designed in such a way that the transmission
channel signals are compatibié with conventional one- and two-channel playback systems.

In motion picture soundtracks, for example, a 4-2-4 encode/decode matrix combines
four source channel signals, commonly denoted as Left (L), Right (R), Center (C) and
Surround (8), into two transmission channel signals carried by the two-track film
soundirack, denoted Left-total (Lt) and Right-total (Rt). The Lt/Rt signals are matrix
decoded to recover four signals, denoted L’, R’, C’ and §’, which are played back over
four presentation channels. The prime (°) notation indicates that the recovered information
generated by dematrixing is not identical to the-information received from the source
channels. The particular matrix used in many motion picture soundtrack applications is
referred to as the MP-Matrix.

The two LY/Rt signals encoded by the MP-Matrix are compatible with one- and two-
channel playback systems. In one-channel systems, the two film soundtracks are
automatically combined optically into one signal which may be sent directly to a
monophonic presentation channel. In two-channel systems, the Lt/Rt signals may be sent
directly to the two Left/Right presentation channels. In either system, the signal or signals
recovered from the soundtrack generate a sound field which is frequently very similar to
the sound field that would have been created by playing back the source channel signals
over the same playback system.

Similar compatibility is provided in radio and television broadcasting, for example,
even though a slightly different matrix is used. In many broadcast applications, a 4-2-4
encoded/decode matrix combines four source channels into sum (Lt-+Rt) and difference
(Lt-Rt) channels. One-channel receivers detect only the sum channel which is compatible
with one-channel playback. Two-channel receivers detect both channels so that the Lt/Rt
signals may be recovered. The Lt/Rt signals are compatible with two-channel playback

and may also be dematrixed into four channels as described above. In ecither system, the
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resulting sound field is very similar to the sound field that would have been created by

j{

playing back the source channels over the same playback system.

The major difference between the two sound fields is a consequence of a relative
phase shift introduced into the S channel signal. This phase shift, which is discussed in
more detail below, allows conventional two-channel playback systems to reproduce the S
channel signals with a more diffused sound image than the other channel signals. This
result is usually intended for the S channel. The compatibility between the MP-Matrix
Lt/Rt signals and conventional two-channel reproduction is well established; thousands of '
motion pictures with MP-Matrix encoded sound tracks have been released for playback
through MP-Matrix decoders as well as conventional two-channel systems.

MP-Matrix Encoding

In an MP-Matrix encoder, the L and R channel signals are passed unaltered and the
C channel signal is summed into the Lt and Rt channel signals at an attenuated level to
preserve its acoustic power. In analog systems, an MP-Matrix encoder subjects the S
channel signal to band-pass filtering, frequency shaping to improve system tolerance of
transmission errors, and phase shifting. Because these types of transmission path errors are
avoided in digital systems, the filtering and frequency shaping are not required for digital
implementations. Two S channel signal components are generated, shifted in phase +90
degrees relative to the other channels. The phase shifts are applied to reduce the likelihood
that front channel and S channel signals are correlated. This coding may be expressed as

Lt =L + .707-C + .707-j§ (1a)

Rt =R + .707-C - .707+S (1b)
where jS denotes the S channel signal shifted in phase by 90 degrees.

One typical method for shifting the phase of analog or digital signals is to pass the
L, R and C channels signals through one type of all-pass filter, and to pass the S channel
signal through a second type of all-pass filter. Each of these filters may introduce
thousands of degrees of phase rotation over the frequency range, but the differential phase
between the two filters is fixed at substantially 90 degrees. A second S channel component
shifted in phase by -90 degrees is obtained by simply inverting the other phase-shifted S
channel component. The phase of the two S channel components are 180 degrees apart and
+90 degrees from the L, C, and R channel signals.

Another method for obtaining a 90-degree phase shift in digital signals is to apply a
Hilbert transform. The cost of implementing the Hilbert transform becomes increasingly

attractive as the cost of digital signal processing decreases. An added benefit is that only
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the S channel signal needs to be processed, yielding the desired 90-degree phase

relationship directly. Although the audible effects of the all-pass filters discussed above are
usually negligible, the elimination of these effects is desirable because it enhances system
transparency.

Future Media and Systems

Future audio coding standards promise to remove the two-channel media limitation,
greatly improving the delivery of multiple channels of audio information. "Split-band"
coding is a technique which may be easily used with such media in single- and multi-
channel coding applications. Split-band coding techniques can produce high-quality
encoded signals at low bit rates by using an analysis filter bank to divide source channel
signals into frequency subband signals and adaptively quantizing each subband signal
according to psychoacoustic principles. A replica of the source channel signals is
recovered by using a complementary synthesis filter bank. Two split-band techniques
known as subband coding and transform coding are discussed in Tribolet and Crochiere,
"Frequency Domain Coding of Speech,"” 1EEE Trans. Acoust., Speech, and Signal Proc.,
vol ASSP-27, October 1979, pp. 512-30. Subband coding may implement the filter banks
with digital or analog filters. Transform coding implements the filter banks with so-called
time-domain-to-frequency-domain transforms.

One example of multi-channel transform coding is described in WIPO publication
number WO 92/12607, published July 23, 1992, which is incorporated herein by reference
in its entirety, According to this disclosure, a transmitter encodes multiple source channel
signals into an encoded signal which may be transmitted efficiently; a receiver decodes the
encoded signal into multiple presentation channel signals. In one embodiment for motion
picture soundtrack applications, a coding system provides six presentation channels.

Two-Channel Receivers

Current trends suggest that media such as HDTV or ATV broadcast channels,
compact discs and magnetic tape will carry five or more channels of audio information.
Nevertheless, it is anticipated that manufacturers will want to build split-band receivers
with only one or two presentation channels in order to offer low-cost products. For
example, an ATV manufacturer may want to offer low-cost two-channel receivers to the
television viewers unwilling to pay the higher cost for more complex playback systems,
and offer higher-cost receivers with more channels to other viewers.

Unfortunately, many high-quality split-band coding systems have high

implementation costs. Much of the cost is incurred implementing the filter banks. The
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cost of implementing a split-band transmitter is approximately proportional to the number

of source channels. The cost of many implementations of receivers is also proportional to
the number of source channels.

Fortunately, the implementation cost of a split-band receiver can be reduced to an
amount approximately proportional to the number of presentation channels by using
technigues set forth in WIPO publication number WO 92/12608, published July 23, 1992.
This publication is incorporated herein by reference in its entirety. For example, the cost
of implementing a two-channel receiver can be reduced to approximately one-third the cost
of implementing a six-channel receiver.

Bven with receivers providing only two presentation channels, a degree of four-
channel playback can be realized by using a matrix decoder, for example, provided the
receiver can provide signals which are compatible for dematrixing. Unless special
provisions are made, however, two-channel receivers provide only L/R channel signals
which are not compatible with matrix decoding. Some additional processing is required to
obtain compatible Lt/Rt signals.

In particular, compatibility with the MP<Matrix is desirable because of its wide use
in motion picture soundtracks and its increasing use for encoding soundtracks carried on
video cassette tapes. In addition, compatibility is desirable because a substantial number of
existing consumer receivers contain MP-Matrix decoders. Preferably, the cost for
providing matrix compatible signals should be low. Several methods are discussed below.

The examples recited throughout this discussion refer to four channels of audio
information (L, R, C and S) and more particularly to the 4-2-4 MP-Matrix, but the
principles discussed also apply to other matrixing methods and numbers of channels.

Receiver Downmixing

A receiver in a four-channel system can generate a type of Lt/Rt signals by mixing
four channels according to any of several mixing equations, but they are not strictly
MP-Matrix compatible. One simple set of equations is as follows:

Lt =L + .707-C + .707-S (22)

Rt =R + .707-C + .707-S (2b)
The C and S channel signals are attenuated in the mix to preserve their original acoustic
power.

The C channel is often used to carry dialogue and can be used to stabilize the
apparent direction of sounds in front of the listener. The S channel, usually played back
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behind the listener, is often used to provide ambience and to create the illusion that various
events are occurring around the listener.,

Although the mixdown equations shown above do provide a two-channel compatible
mix, they do not provide any phase information for S channel decoding. Furthermore,
signals intended for the S channel are placed in the sound field overlapping the C channel
signal, possibly obscuring the intelligibility of any dialogue. For this reason, S channel
signals may be mixed at a reduced level, for example, as follows:

Lt=L + .707.C + .5-8 (3a)

Rt =R + .707-C + .5'S (3b)
But like the previous equations, these mixddwn equations do not provide the phase
encoding needed by a decode MP-Matrix for proper S channel decoding.

A simple variation provides some phase coding by inverting the S channel
component which is mixed into the Rt signal. The equations resulting from this variation
are as follows:

Lt=L + .707-C + .707-S (4a)

Rt =R + ,707-C - .707-S ) (4b)
This inversion creates a 180-degree phase shift used by the MP-Matrix for S channel
decoding. When S channel signals are uncorrelated with the signals carried by the L/R
channels, the S channel mix will not create any particular constructive/destructive
interference with the front channels. In many applications, however, S channel signals are
derived from the front channel signals. As a result, the L/R and S channel signals are
correlated; when combined, the signals will tend to constructively add in the Lt signal and
destructively cancel in the Rt signal. The resulting sound field will be unbalanced toward
the left, and front/back panned effects will appear to move along an arc around the left side
rather than along a line through the center as intended.

Other mixdown equations can be considered, but they all fail to produce LU/Rt
channel signals which are truly MP-Matrix compatible. When properly encoded, the Lt/Rt
signals convey both gain and phase relationships which can be used to decode the S channel
signal.

Two methods can provide MP-Matrix compatible signals in a multi-channel coding
system, but each has disadvantages. The first method generates matrix compatible signals
in the receiver, and the second method generates matrix compatible signals in the
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Receiver Matrix Encoding

According to the first method, a four-channel receiver receives all four source
channel signals and applies an encode MP-Matrix to the received signals to generate the
Lt/Rt signals. Matrix encoding may be applied only when desired.

This method can avoid the cost of the matrix encoding process in receivers which
do not provide matrix compatibility; however, the implementation costs for receivers which
do provide compatibility may be significantly higher. As a result, manufacturers may be
forced to build two versions of a receiver, a more expensive version providing
compatibility and a less expensive version without compatibility.

The implementation costs for receivers providing matrix compatibility may be
significantly higher because, in practical embodiments, signal synthesis processors must
process all source channels before the desired 90-degree phase shift can be performed. As
mentioned above, the techniques set forth in publication WO 92/12608 allow
implementation costs of receivers to vary in proportion to the number of presentation
channels which are decoded; therefore, for many preferred embodiments of split-band
coding systems, this method eliminates the posiibility of a lower-cost matrix-compatible
two-channel receiver, for example.

Regardless of embodiment, however, the additional processing required to perform
phase shifts adds to the implementation costs of a receiver. It is preferable to shift the cost
of performing this processing to transmitters because, in many applications, receivers are
far more numerous than transmitters. This situation is readily apparent in applications such
as radio and television broadcasting, and distribution of recording media such as tapes,
records and optical discs.

Transmitter Matrix Encoding

According to the second method, a four-channel transmitter uses 4-4 matrix

encoding and phase shifting to encode four source channels (L, R, C and S) into the Lt/Rt

signals plus two "helper” signals, A and B. An example of one 4-4 matrix encoder is as

follows:
Lt =L + .707-C + .707;jS (5a)
Rt =R + .707-C - .707-jS (5b)
A=C | | (5¢)
B=S (5d)

where j = denotes a phase shift of 90 degrees. Many other 4-4 matrix encoders are

possible; for example, the helper signals may be the L and R channel signals.
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The encoded signal is compatible with MP-Matrix decoders as well as two- and
four-channel receivers. The Lt/Rt signals may be decoded directly by an MP-Matrix
decoder into four presentation channels (L’, R’, C’ and §°). The Lt/Rt signals are also
compatible with one- and two-channel playback in the same sense as that discussed above
for MP-Matrix compatibility.

A four-channel receiver receives the four signals Lt, Rt, A and B, and uses a 4-4
matrix decoder to recover the four source channels. A 4-4 matrix decoder compatible with

the encoder shown above is as follows:

L = Lt-.707-A - .707-/B . (62)
R = Rt- .707-A + .707jB (6b)
C=A (6c)
S=B (6d)

Additional information for different embodiments of compatible matrixing with
helper signals may be obtained by referring to U.S. patent 4,577,305, which is
incorporated herein by reference in its entirety.

A receiver must perform matrix decoding to recover the source channel signals
because Lt/Rt signals are transmitted rather than L/R channel signals. The additional
processing required by a receiver to recover the source channels is undesirable because it
increases implementation costs. In particular, the receiver must stili perform phase-shift
processing because the B signal must be shifted in phase by 90 degrees to accurately
recover the L/R channel signals.

This additional processing may also adversely affect the transparency of the coding
process as a result of two different mechanisms. Arithmetic errors such as round-off errors
is one mechanism which injects noise-like components into a signal. In general, any
arithmetic process may degrade the quality of a digital signal. A second mechanism
pertains to psychoacoustic effects. Generally speaking, the encoding of signals according
to psychoacoustic principles controls the amount of quantizing noise of the encoded signal
such that the quantizing noise is just masked by the signal’s spectral components, Matrix
decoding can result in one or more signals with a controlled amount of quantizing noise but
having very little spectral energy to mask it. This known effect is sometimes referred to as
"decoder unmasking."

Transmitter matrix encoding will become even less attractive in the future as
increasing numbers of playback systems with three or more channels become available and

fewer matrix decoder systems remain.
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Disclosure of Invention

It is an object of the present invention to provide for a multi-channel coding system
whose presentation channel signals are essentially indistinguishable from its source channel
signals, and whose output signals are compatible with conventional matrix decoders such as
MP-Matrix decoders, but which minimizes the complexity and implementation costs
required to achieve the compatibility. Presentation channel signals are said to be
essentially indistinguishable from source channel signals when the sound field generated by
a playback system in response to the presentation channel signals is essentially
indistinguishable from the sound field that could be generated by the same playback system
in response to the source channel signals.

In accordance with the teachings of the present invention in one embodiment of a
transmitter, four source channel signals are assembled into an encoded signal which
includes a 90-degree phase shift for one of the channels.

In accordance with the teachings of the present invention in one embodiment of a
receiver, four channels of information are recovered from an encoded signal. The
recovered information may be combined as desired using relatively inexpensive processes
to generate signals compatible with MP-Matrix decoders. Otherwise, the recovered
information is essentially indistinguishable from the information conveyed in the source
channels; thus, the recovered signals are compatible with both multi-channel playback
systems and MP-Matrix decoders. _

In accordance with the teachings of the present invention in another embodiment of
a receiver, two matrix-encoded Lt/Rt signals and two helper signals are recovered from an
encoded signal. The recovered Lt/Rt signals are used directly for MP-Matrix decoding, or
they may be combined with the helper signals using relatively ihexpensive processes to
generate signals intended for multi-channel playback systems. The recovered signals are
essentially indistinguishable from the source channel signals; thus, the recovered signals are
compatible with both multi-channel playback systems and MP-Matrix decoders.

Many variations are possible. Multi-channel coding systems incorporating the
present invention are not limited to four channels. For example, the L/R channel signals
may convey correlated signal components which, when reproduced, create a center image
as is common in conventional two-channel playback systems; hence, no C channel is
required. The phase shift may be accomplished using a number of methods such as
applying two types of all-pass filters to the source signals, or by applying a Hilbert

transform lo only the source signals requiring the phase shift. It should be understood that
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a 90-degree phase shift is ideal for certain encoder/decoder matrixes such as the

MP-Matrix, but the present invention is applicable to coding requiring phase shifts of
various angles, The transmitter may optionally include an indication in the encoded signal
of the presence and/or amount of phase shifts; a receiver may optionally provide matrix
decoder compatibility when such an indication is present in the encoded signal. Additional
variations are discussed below, and other variations will be apparent to those skilled in the
art.

The embodiments discussed herein and shown in the accompanying drawings are
given by way of example and should not be interpreted as limitations upon the scope of the

present invention.

Brief Description of Drawings

Figure 1 is a block diagram illustrating the basic structure of a multi-channel
transmitter.

Figure 2 is a block diagram illustrating the basic structure of a multi-channel
receiver. )

Figure 3 is a block diagram illustrating the basic structure of one embodiment of a
multi-channel receiver which may incorporate various aspects of the present invention.

Figure 4 is a block diagram illustrating the basic structure of one embodiment of a
multi-channel transmitter which may incorporate various aspects of the present invention.

Figure 5 is a block diagram illustrating the basic structure of another embodiment of
a transmitter incorporating various aspects of the present invention.

Figure 6 is a block diagram illustrating the basic structure of another embodiment of
a receiver incorporating various aspects of the present invention.

Figure 7 is a schematic diagram illustrating one embodiment of a 4-4 encoding

matrix providing two MP-Matrix decoder compatible signals and two helper signals.

M for Carrying Qut the Invention
Basic Structure
The basic structure of a multi-channel transmitter is illustrated in Figure 1.
Encoder 102 receives four source channel signals from paths 100a-100d. Each signal is
processed by a respective signal analysis processor 104a-104d, and the results of the

analysis are sent along respective paths 106a-106d to formatter 108. Formatter 108
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assembles the processed signals into an encoded signal suitable for transmission or storage,

and passes the encoded signal along transmission path 110.

The basic structure of a multi-channe] receiver is illustrated in Figure 2.
Deformatter 202 receives an encoded signal from path 200 and extracts from the encoded
signal four extracted signals which it passes along respective paths 204a-204d to decoder
206. Each extracted signal is processed by a respective signal synthesis processor 208a-
208d, and the results of the synthesis are passed along a respective presentation channel
210a-210d.

A multi-channel coding system may comprise a transmitter according to the
structure of Figure 1 and a receiver according to the structure of Figure 2. The
implementation cost of the coding system is approximately proportional to the total number
of signal analysis and signal synthesis processors. As discussed above, a lower-cost
receiver may be implemented with only two channels. One emboediment of a two-channel
receiver comprises deformatter 202 and decoder 206 with signal synthesis processors 208a
and 208b which generate output signals along presentation channels 210a and 210b,
respectively. This two-channel embodiment hds an implementation cost of approximately
one-half that of a comparable four-channel receiver, but it does not provide presentation
channel! signals which are compatible with matrix decoders such as an MP-Matrix decoder.

Matrix Encoding
Receiver

Figure 3 illustrates the basic structure of another embodiment of a multi-channel
receiver. Deformatter 302 receives an encoded signal from path 300 and extracts from the
encoded signal four extracted signals which it passes along respective paths 303a-303d to
network 312. Network 312 processes the extracted signals into four intermediate signals
and passes the intermediate signals along paths 304a-304d to decoder 306. Each
intermediate signal is processed by a respective signal synthesis processor 308a-308d, and
the results of the synthesis are passed along a respective presentation channet 310a-310d.
Signal paths 301 and 313 are not used in this embodiment and need not be present.

In another embodiment, network 312 adapts its processing in response to an
indication which it receives from path 301. For example, an operator may specify the
network process by means of a switch,

A multi-channel coding system may comprise a transmitter according to the
structure of Figure 1 and a receiver according to either embodiment just described. A two-

channel receiver may comprise deformatter 302, network 312, and decoder 306 with signal
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synthesis processors 308a and 308b which generate output signals along presentation

channels 310a and 310b, respectively. The receiver can provide limited compatibility with
an MP-Matrix decoder by applying mixing equations in network 312 such as those in
equations 2a-4b, discussed above. The problems inherent with this approach are also
discussed above.

Transmitter

Figure 4 illustrates the basic structure of another embodiment of a multi-channel
transmitter. Network 412 receives four source channel signals from paths 400a-400d and
processes them into four intermediate signals which it passes along respective paths 411a-
411d to encoder 402. Each intermediate signal is processed by a respective signal analysis
processor 404a-404d, and the results of the analysis are sent along respective paths 406a-
406d to formatter 408. Formatter 408 assembles the processed signals into an encoded
signal suitable for transmission or storage, and passes the encoded signal along
transmission path 410. Signal paths 401 and 413 are not used in this embodiment and need
not be present,

In another embodiment, network 412 adapts its processing in response to an
indication which it receives from path 401. For example, an operator may specify the
network process by means of a switch.

A multi-channel coding system may comprise a transmitter according to either
embodiment just described and a receiver according to any of the embodiments described
above in relation to Figure 3. As discussed above, the transmitter can provide for
compatibility with an MP-Matrix decoder by applying a 4-4 encode malrix in network 412.
In this embodiment, network 412 receives L, R, C and S channel signals from paths 400a-
400d and matrixes them into two Lt/Rt channel signals, which are MP-Matrix compatible,
and two additional "helper” channel signals, denoted as A and B, all of which are passed
along respective paths 411a-411d to encoder 402. The four channel signals (Lt, Rt, A and
B) generated by the matrix are passed in the encoded signal to a receiver. Equations 5a-5d
provide one example of a suitable encode matrix. The problems inherent with this
approach are discussed above.

Transmitter/Receiver

In one embodiment of a transmitter according to Figure 4, network 412 encodes the
Lt, Rt and helper channel signals according to the following encode matrix:

Lt =L + .707-C + .707-jS (7a)

Rt =R + .707-C - .7074S (7b)
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A=C (7c)

Figure 7 illustrates one embodiment of this encode matrix. The C channel signal is

received from path 700b is passed along path 710b as a helper signal and is passed to
attenuator 704 where it is attentuated to one-half power and passed along paths 703 and
705. The S channel signal is received from path 700d, and shifted in phase by 90 degrees
in processor 702. The phase-shifted signal is passed along path 710d as a helper signal and
passed to attenuator 706 which attenuates it to one-half power. The phase-shifted and
attenuated signal is passed along path 707 and passed to inverter 708 which obtains a 180
degree phase shift by inverting the signal amplitude. The L channel signal is received
from path 700a, combined with the attenuated C channel signal and with the phase-
shifted/attenuated S channel signal, and passed along path 710a as the Lt signal. The R
channel signal is received from path 700c, combined with the attenuated C channel signal
and with the phase-shifted/attenuated/inverted S channel signal, and passed along path 710c
as the Rt signal.

In one embodiment of a receiver according to Figure 3, the four channel signals
(Lt, Rt, A and B) are extracted from the encoded signal received from path 300. The
LYRt signals are matrix compatible. The four source channel signals may be recovered in

the receiver from the encoded signal according to the following decode matrix:

L = Lt-.707-A - .707-B | (8a)
R = Rt-.707-A + .707-B (8b)
C=A (8c)
S =B (8d)

The bésic components illustrated in Figure 7 may be combined in appropriate ways to
implement this decode matrix as well as other encode/decode matrixes discussed herein.

In a split-band coding system, for example, all of the decode matrix operations
except for the phase shift can be performed inexpensively in the frequency domain prior to
synthesis filtering. For example, in a transform coding system, two digital signals may be
combined in the frequency domain by adding or subtracting respective transform coefficient
in each of the two signals. In a digital subband coding system, signals may be combined in
the frequency domain by adding or subtracting corresponding samples in respective
subband signals. This means that a one-, two- or three-channel (L, R and C) receiver can
be implemented at a cost which is approximately proportional to the number of presentation

channels rather than the number of source channels.
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The phase shift needed to recover the S channel signal is a more expensive
operation than the other matrixing operations, but it need not be performed unless an exact
recovery of the S channel signal is required. In many applications, however, the 90-degree
phase shift in the S channel signal will generally be inaudible.

In one embodiment of a transmitter according to Figure 5, network 512 shifts the
phase of the S channel signal received from path 500d. Encode 502 receives the phase-
shifted S channel signal from path 511 and the other three source channel (L, R and C)
signals from a respective path 500a-500c, processes each signal by a respective signal
analysis processor 504a-504d, and passes the results of the signal analysis along a
respective path 506a-506d to formatter 508. Formatter 508 assembles the processed signals
into an encoded signal suitable for transmission or storage, and passes the encoded signal
along transmission path 510. Paths 501 and 513 are not used in this embodiment and need
not be present.

The following equations represent the encode matrix:

L=L %a)
R=R , (b)
A=C c)
B =S (d)

In another embodiment, network 512 adapts its processing characteristics in
response to an indication received from path 501. For example, network 512 may adjust
the amount of phase shift in response to an operator-actuated control.

In one embodiment of a receiver according to Figure 2, the four channel signals (L,
R, A and B) are received in an encoded signal from path 300. Except for the 90-degree
phase shift in the B signal, the four received signals correspond exactly with each of the
four source channel signals. As mentioned above, however, this phase shift is generally
inaudible in many applications. If the S channel signal must be recovered accurately, an
embodiment of a receiver according to Figure 3 can perform the required phase shift in
network 312,

If decode MP-Matrix compatible signals are desired, a two-channel receiver
according to the structure shown in Figure 3 can obtain them by applying the following
encode matrix in network 312:

Lt =L + .707-A + .707-B .
This Sheet Has Been Rep
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An embodiment of a receiver according to Figure 6 may provide multi-channel
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compatible signals and decode matrix compatible signals. Deformatter 602 receives an
encoded signal from path 600 and extracts from the encoded signal four extracted signals
which it passes along respective paths 604a-604d to decode 606 and to network 612. A
respective signal synthesis processor 608a-608d processes the four extracted signals and
passes the results along a respective path 610a-610d. Network 612 applies the encode
matrix equations 10a-10b to the four extracted signals to generate two intermediate signals
which it passes along a respective path 614a-614b. Signal path 613 is not used in this
embodiment and need not be present.

In another embodiment, an indication is extracted from the encoded signal and
passed along path 613. Encode 606 and/or network 612 adapt processing characteristics in
response to the indication received from path 613. For example, the indication may
specify whether four-channel output or two-channel matrix compatible output is to be
provided.

In some embodiments, the signals passed along paths 614a-614b are not the LV/Rt
signals required for matrix compatibility. Gerierally, signal synthesis processing is
required to obtain these Lt/Rt signals. This signal synthesis processing may be performed
by processors not shown in Figure 6, or it may be performed by a respective two
processors 608a-608d within decode 606 using signal paths not shown in Figure 6. The
routing of signals to the signal processors may be accomplished in response to an indication
received from path 613, for example, or in response to an operator request along a path not
shown in Figure 6.

The various embodiments of receivers according to structures shown in Figures 3
and 6 may apply an encode matrix with mixing equations which differ slightly from those
shown in equations 10a-10b as follows:

Lt=L+ .707-A + .707'B - xR (112)

Rt =R + .707'A - .707-B-x'L (11b)

Matrix encoding tends to collapse sound field images. In comparison to the sound
fields generated by multiple discrete channel signals, the sound fields generated by multiple
channel signals that have been subjected to matrix encoding and decoding appear to be
grouped toward the center of the field. Matrix processing tends to reduce the spatial
breadth of a sound field. In order to partially counteract this effect, the mixing equations
shown in 11a-11b reduce the level of signal components common to the L/R channel

signals. The amount of the reduction is controlled by the value of the x coefficient. A
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typical value is 0.25. In some embodiments, this coefficient may be adjusted in response

to an indication received in the encoded signal, or in response to an indication generated at
the receiver by an operator actuated control. In an embodiment according to the structure
shown in Figure 3, for example, this indication may be received from path 301.

Adaptive Processing

In yet another embodiment of a transmitter according to Figure 4, network 412 may
adapt its processing in response to various signal characteristics detected in the source
channel signals and/or in response to an indication received from path 401. For example,
network 412 in a psychoacoustic-based transmitter/encoder may adaptively turn off matrix
encoding in response to detecting little or no spectral energy in either the L or R channel
signals. In conjunction with a complementary adaptive receiver, decoder unmasking could
be avoided. An indication of the network process actually used is passed along path 413 to
formatter 408 which assembles the indication into the encoded signal.

In addition, encoder 402 may adapt its processing in response to the indication
received from path 413. For example, the indication may inform encoder 402 which
channels to process. .

An embodiment of a transmitter according to Figure 5 may adapt is operation in a
manner similar to that just described for the embodiment illustrated in Figure 4.

In yet another embodiment of a receiver according to Figure 3, deformatter 302
extracts from the encoded signal an indication of the network process used to prepare the
encoded signal. Network 312 and/or decoder 306 adapt their processing in response to the
indication received from path 313. For example, the indication extracted from the encoded
signal may inform network 312 which of several matrixing equations to use and/or inform
decoder 306 which channels to process.

Split-band Coding Implementations
Transmitter

In one embodiment of a transmitter utilizing split-band coding techniques, each
signal analysis processor 104a-104d comprises an analysis filter bank and an adaptive
quantizer. The analysis filter bank generates subband signals representing frequency
subbands of a respective source channel signal, and the adaptive quantizer quantizes the
subband signals using a number of bits allocated according to psychoacoustic principles.
Details of implementation for the analysis filter bank and quantizer are not critical to the
practice of the present invention. Many different implementations may be used. For

example, implementations of a subband coder and a transform coder are more fully
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disclosed in U.S. patents 4,896,362 and 5,109,417, respectively, which are incorporated
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herein by reference in their entirety.

In another embodiment utilizing split-band coding techniques, each signal analysis
processor 104a-104d comprises an analysis filter bank for generating subband signals, and
encoder 102 comprises an adaptive quantizer which jointly quantizes the subband signals
generated by all the synthesis filter banks according to psychoacoustic principles. By
jointly quantizing subband information for all the channels, various inter-channel masking
effects may be more easily exploited. Details of implementation are not critical to the
practice of the present invention. Many different implementations may be used. For
example, implementations of cross-channel coding are more fully disclosed in WIPO
publication WO 92/12607, referred to above, and in U.S. patent 4,555,649 and European
Patent Office publication EP 0 402 973, which are incorporated herein by reference in their
entirety.

These embodiments also apply to the structures illustrated in Figures 4 and 5.

Receiver

In one embodiment of a receiver utilizing split-band coding techniques, each signal
synthesis processor 208a-208d comprises a dequantizer and a synthesis filter bank. The
dequantizer dequantizes a respective intermediate signal into subband signals using the
same number of bits used by a transmitter to quantize the information, and the synthesis
filter bank generates presentation signals along a respective presentation channel 210a-210d
in response to the subband signals. Details of implementation for the synthesis filter bank
and dequantizer are not critical to the practice of the present invention. Many different
implementations may be used.

In another embodiment utilizing split-band coding techniques, each signal synthesis
processor 208a-208d comprises a synthesis filter bank for generating presentation signals,
and decoder 206 comprises a dequantizer which dequantizes all of the intermediate signals
extracted by deformatter 202. Details of implementation are not critical to the practice of
the present invention. Many different implementations may be used.

These embodiments also apply to the structures illustrated in Figures 3 and 6.

Selected Subbands

In a split-band coding system, the combining operations of an encode or decode
matrix can be performed inexpensively in the frequency domain. Furthermore, these
operations can be confined to selected subbands. For example, in a split-band coding

system comprising a transmitter and a receiver, the transmitter may apply an encode matrix
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to adaptively selected subbands and pass an indication of the selection in the encoded
signal. Matrix encoding might be used as a means for reducing the number of bits
required to encode source channel signals during intervals when more bits are required to
encode all of the source channel signals individually than are otherwise available, In
response to the indication extracted from the encoded signal, a four-channel receiver could
adaptively apply a decode matrix to the appropriate subbands. One embodiment of the
transmitter differs from that shown in Figure 4, for example, in that the matrix encoding
function is interposed between encoder 402 and formatter 408.

The transmitted signal encoded in this manner could also provide a degree of
compatibility with a two-channel receiver which is not responsive to the indication of
subband selection. The two presentation channel signals derived from the encoded signal
would convey the spectral energy of the L/R channel signals in lower-frequency subbands,
for example, and convey the spectral energy of the Lt/Rt signals in higher-frequency
subbands.

Alternative Embodiments

The embodiments discussed above which illustrate various aspects of the present
invention make more particular mention of four-channel systems having L, R, C and S
channels. Discussion of matrix encoding and decoding has made more particular mention
of the MP-Matrix. The present invention is not limited to any specific number of channels
or to any specific encode/decode matrix. These embodiments have been set forth by way
of example only. The scope of the present invention may be appreciated by reference to

the following claims.
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1. A system for processing multiple channels of audio information, said system
comprising
a transmitter comprising
first networking means for generating intermediate signals by
changing the phase of information received from one or more of said
multiple channels of audio information relative to the phase of information
received from another of said multiple channels of audio information,
encoding means responsive to said first networking means for
generating subband signals representing frequency subbands of said
intermediate signals, and
formatting means for assembling said subband signals into an encoded
signal suitable for transmission or storage; and
a receiver comprising
deformatting means for recelvmg said encoded signal and for
extracting recovered subband signals therefrom,
second networking means for combining, in one or more subbands,
said recovered subband signals corresponding to at least two of said multiple
channels of audio information, and
decoding means responsive to said second networking means for

generating recovered audio information.

2. A system according to claim [ wherein said first networking means effects a

relative phase change substantially equal to ninety degrees.

3. A system according to claim 2 wherein said first networking means comprises

means for applying a Hilbert transform.

4. A system according to claim 1 wherein said first networking means comprises

%
means for effecting a phase change for information corresponding to all of said muitiple
channels, wherein said phase change for information corresponding to said one or more

channels differs from said phase change for information corresponding to said another

channel.
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5. A system according to claim 4 wherein said first networking means effects a

relative phase change substantially equal to ninety degrees.

6. A system according to claim 1, 2 or 4 wherein said second networking means
combines subband signals substantially according to the mixing equations of an encode

MP-Matrix without changes in phase,

7. A system according to claim 1 wherein said encoding means generates said
subband signals by applying a bank of band-pass filters, and wherein said decoding means

generates said recovered audio information by applying a bank of inverse band-pass filters.

8. A system according to claim 1 wherein said encoding means generates said
subband signals by applying a discrete transform, and wherein said decoding means

generates said recovered audio information by applying an inverse discrete transform.

9. A system according to claim 1, 7 or 8 wherein said encoding means comprises
means for quantizing said subband signals usiﬁé a number of bits established according to
psychoacoustic principles and wherein said formatting means assembles allocation

indicators into said encoded signal indicating the number of bits used for quantizing.

10. A system according to claim 1 wherein said transmitter further comprises means
for receiving an indication signal, wherein said first networking means and/or said

encoding means adapts its operating characteristics in response to said indication signal.

11. A system according to claim 10 wherein said indication signal is generated by

an operator actuated control,

12. A system according to claim 1 wherein said receiver further comprises means
for receiving an indication signal, wherein said second networking means and/or said

decoding means adapts its operating characteristics in response to said indication signal.

13. A system according to claim 12 wherein said indication signal is generated by

an operator actuated control and/or is generated in response to information extracted from

said encoded signal.
This Sheet Has Been Replaced
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14. A transmitter for processing multiple channels of audio information comprising
encoding means for generating subband signals representing freguency
subbands of said multiple channels of audio information,
networking means responsive to said encoding means for generating
5 intermediate signals by changing the phase of one or more subband signals
corresponding to one or more of said multiple channels of audio information,
wherein said phase is changed relative to the phase of subband signals
corresponding to another of said multiple channels, and
formatting means for assembling said intermediate signals into an encoded

10 signal suitable for transmission or storage.

15. A transmitter according to claim 14 wherein said audio informalion comprises
signal samples, said bank of band-pass filters is implemented by a digital filter, and said
network means applies a Hilbert transform to said one or more subband signals.

15

16. A method for processing multiple channels of audio information, said method
comprising ’

transmitting, comprising the steps of

generating first intermediate signals by changing the phase of

20 information received from one or more of said multiple channels of audio
information relative to the phase of information received from another of
said multiple channels of audio information,

generating subband signals representing frequency subbands of said
first intermediate signals, and

25 assembling said subband signals into an encoded signal suitable for
transmitting or storing; and

receiving, comprising the steps of

receiving said encoded signal and extracting recovered subband
signals therefrom,

30 generating second intermediate signals by combining, in one or more
subbands, said recovered subband signals corresponding to at least two of
said multiple channels of audio information, and

generating recovered audio information in response to said recovered

subband signals and said second intermediate signals.
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17. A system for processing multiple channels of audio information, said system
comprising
a transmitter comprising
a phase-change network responsive to one or more channels of said
5 multiple channels of audio information,
a split-band coder responsive to said phase-change network,
a multiplexor responsive to said split-band coder; and
a receiver comprising
a demultiplexor,
10 a matrixing network responsive to said demultiplexor, and

a split-band decoder responsive to said matrix network.

18. A system according to claim 17 wherein said phase-change network effects
relative phase changes substantially equal to ninety degrees.
15
19. A system according to claim 17 or.]8 wherein said matrixing network is an

encode MP-Matrix without changes in phase.

20. A system according to claim 17 wherein said split-band coder comprises a bank
20  of band-pass filters, and wherein said split-band decoder comprises a bank of inverse band-

pass filters.

21. A system according to claim 17 wherein said split-band coder applies a discrete
transform, and wherein said split-band decoder applies an inverse discrete transform.
25
22, A system according to claim 17, 20 or 21 wherein said split-band encoder
quantizes encoded split-band signals using a number of bits established according to
psychoacoustic principles and said multiplexor multiplexes an indication of said number of

bits with said encoded split-band signals,
30

23. A system according to claim 17 wherein said matrixing network and/or said
split-band decoder adapt operating characteristics in response to a signal which is generated

by said demultiplexor and/or received by an input terminal,

———
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ABSTRACT OF THE DISCLOSURE

The invention relates generally to transmitting and receiving multiple channels of
information, particularly audio information which represents a multidimensional sound
field. More particularly, the invention relates to devices and methods which provide
signals that are compatible with multi-channel receivers and with matrix decoders such as
the decode MP-Matrix used for many motion picture soundtracks. In a multi-channel
transmitter, a network prepares intermediate signals which are encoded by signal analysis
processors into a signal for subsequent transmission or storage. In a multi-channel
receiver, information extracted from the received encoded signal is combined in a network
and processed by signal synthesis processors to provide output signals which are compatible

with a matrix decoder.
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MULTI-CHANNEL TRANSMITTER/RECEIVER SYS'&'EM e
PROVIDING MATRIX-DECODING COMPATIBLE SIGNALS

echnical Field

The present invention relates in general to an apparatus and a method for multi-
channel encoding and decoding. In particular, in a system delivering discrete multi-channel
signals, the present invention provides for the encoding of signals which are compatible

with both matrix decoders and discrete multi-channel decodets.

Background Art

There is considerable interest in the field of audio signal processing to provide for
systems which can efficiently deliver multiple channels of audio information. Systems
which have more than one channel are attractive because they are capable of presenting
more realistic three-dimensional sound fields than systems with only one channel. Within
some limits, the ability to accurately reproduces three-dimensional sound fields increases as
the number of channels increases. For example, some motion picture playback systems use
four or more channels to reproduce a motion picture soundtrack. Current motion picture
standards for future systems include five full-bandwidth channels and a sixth narrow-
bandwidth channe! for low-frequency effects. It is expected that soundtracks with four or
more channels will be carried by video cassette tapes and optical discs as well. Proposed
standards for Advanced Television (ATV) and High-Definition Television (HDTV) also
include specifications for similar audio systems.

One- and Two-channel Media

Despite' the dimensional superiority of s.ystems with three or more channels, the
most common playback systems have only one or two channels. Playback systems with
three or more channels are not as common because they are relatively expensive and
because there are very few media available to deliver more than two channels of high-
quality audio information. The most common media, such as motion picture soundtracks,
radio and television broadcast signals, magnetic tapes and phonograph records, usually
provide either a one-channel format or a two-channel format.

Matrix encoding is one technique commonly used to provide three or more playback
channels in spite of the two-channel media limitation. According to this technique, signals

from several “source channels” are combined into signals carried by one or two
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"transmission channels,” which are subsequently decoded into signals plLyed back over_
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several "presentation channels." Throughout this discussion mention is made of encoded

signals which are transmitted, but it should be understood that the discussion also applies to
encoded signals which are stored for subsequent use. Reference to transmitters and
receivers should be understood to also include reference to encoders and decoders, as
appropriate.

The way in which the source channel signals are combined is prescribed by an
encoding matrix. The encoding matrix is designed in such a way that the transmission
channel signals are compatible with conventional one- and two-channel playback systems.

In motion picture soundtracks, for example, a 4-2-4 encode/decode matrix combines
four source channel signals, cbmmonly denoted as Left (L), Right (R), Center (C) and
Surround (8), into two transmission channel signals carried by the two-track film
soundtrack, denoted Left-total (Lt) and Right-total (Rt). The Lt/Rt signals are matrix
decoded to recover four signals, denoted L’, R’, C’ and S’, which are played back over
four presentation channels. The prime (’) notation indicates that the recovered information
generated by dematrixing is not identical to the-information received from the source
channels. The particular matrix used in many motion picture soundtrack applications is
referred to as the MP-Matrix.

The two LU/Rt signals encoded by the MP-Matrix are compatible with one- and two-
channel playback systems. In one-channel systems, the two film soundtracks are
automatically combined optically into one signal which may be sent directly to a
monophonic presentation channel. In two-channel systems, the Lt/Rt signals may be sent
directly to the two Left/Right presentation channels. In either system, the signal or signals
recovered from the soundtrack generate a sound field which is frequently very similar to
the sound field that would have been created by playing back the source channel signalé
over the same playback system,

Similar compatibility is provided in radio and television broadcasting, for example,
even though a slightly different matrix is used. In many broadcast applications, a 4-2-4 '
encoded/decode matrix combines four source channels into sum (Lt+Rt) and difference
(Lt-Re) channels. One-channel receivers detect only the sum channel which is compatible
with one-channel playback. Two-channel receivers detect both channels so that the Lt/Rt
signals may be recovered. The Lt/Rt signals are compatible with two-channel playback

and may also be dematrixed into four channels as described above. In either system, the
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playing back the source channels over the same playback system. S

The major difference between the two sound fields is a consequence of a relative
phase shift introduced into the S channel signal. This phase shift, which is discussed in
more detail below, allows conventional two-channel playback systems to reproduce the S
channel signals with a more diffused sound image than the other channel signals. This
result is usually intended for the S channel. The compatibility between the MP-Matrix
Lt/Rt signals and conventional two-channel reproduction is well established; thousands of
motion pictures with MP-Matrix encoded sound tracks have been released for playback
through MP-Matrix decoders as well as conventional two-channel systems.

MP-Matrix Encoding

In an MP-Matrix encoder, the L and R channel signals are passed unaltered and the
C channel signal is summed into the Lt and Rt channel signals at an attenuated level to
preserve its acoustic power. In analog systems, an MP-Matrix encoder subjects the S
channel signal to band-pass filtering, frequency shaping to improve system tolerance of
transmission errors, and phase shifting. Becauie tﬁese types of transmission path errors are
avoided in digital systems, the filtering and frequency shaping are not required for digital
implementations. Two S channel signal components are generated, shifted in phase +90
degrees relative to the other channels. The phase shifts are applied to reduce the likelihood
that front channel and S channel signals are correlated, This coding may be expressed as

Lt =L + .707-C + 7078 ' (1a)

Rt = R + .707-C - .707+S (1b)
where /S denotes the § channel signal shifted in phase by 90 degrees.

One typical method for shifting the phase of analog or digital signals is to pass the
L, R and C channels signals through one type of all-pass filter, and to pass the S channel
signal through a second type of all-pass filter. Each of these filters may introduce
thousands of degrees of phase rotation over the frequency range, but the differential phase
between the two filters is fixed at substantially 90 degrees. A second S channel component
shifted in phase by -90 degrees is obtained by simply inverting the other phase-shifted S
channel component. The phase of the two S channel components are 180 degrees apart and
490 degrees from the L, C, and R channel signals.

Another method for obtaining a 90-degree phase shift in digital signals is to apply a
Hilbert transform. The cost of impiementing the Hilbert transform becotnes increasingly

attractive as the cost of digital signal processing decreases. An added benefit is that only
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the S channel signal needs to be processed, yielding the desired 90-degree h&ie
relationship directly. Although the audible effects of the all-pass filters discussed-above are
usually negligible, the elimination of these effects is desirable because it enhances system
transparency.

Future Media and Systems

Future audio coding standards promise to remove the two-channel media limitation,
greatly improving the delivery of multiple channels of audio information. "Split-band"
coding is a technique which may be easily used with such media in single- and multi-
channel coding applications. Split-band coding techniques can produce high-quality
enicoded signals at low bit rates by using an analysis filter bank to divide source channel
signals into frequency subband signals and adaptively quantizing each subband signal
according to psychoacoustic principles. A replica of the source channel signals is
recovered by using a complementary synthesis filter bank. Two split-band techniques
known as subband coding and transform coding are discussed in Tribolet and Crochiere,
“Frequency Domain Coding of Speech," IEEE s._Acous h, and Signal
vol ASSP-27, October 1979, pp. 512-30. Subband coding may implement the filter banks
with digital or analog filters. Transform coding 1mplements the filter banks with so-called
time-domain-to-frequency-domain transforms. ' ‘

One example of muiti-channel transform coding is described in WIPO publication
number WO 92/12607, published July 23, 1992, which 1§mc0rporated herein by reference
in its entirety. According to this disclosure, a tr}ansmitter enicodes muttiple source channel
signals into an encoded signal which may be traéémil_t'ed- qffi;:iéﬁtly; a receiver decodes the
encoded signal into multiple presentation channel signals. Ir; or;e embodiment for motion
picture soundtrack applications, a coding system’ provides six presentation channels.

Two-Channel Recelvers

Current trends suggest that media such as HDTV or ATV broadcast channels,
compact discs and magnetic tape will carry five or more channels of audio information.
Nevertheless, ‘it is anticipated that manufacturers will want to build split-band receivers
with only one or two presentation channels in order to offer low-cost products. For
example, an ATV manufacturer may want to offer low-cost two-channel receivers to the
television viewers unwilling to pay the higher cost for more complex playback systems,
and offer higher-cost receivers with more channels to other viewers.

Unfortunately, many high-quality split-band coding systems have high
implementation costs. Much of the cost is incurred implementing the filter banks. The
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cost of implementing a split-band transmitter is approximately propomdpal[ to ihe number l

of source channels. The cost of many implementations of receivers is z%so propomonal to

s it

the number of source channels.

Fortunately, the implementation cost of a split-band receiver can be reduced to an
amount approximately proportional to the number of presentation channels by using
techniques set forth in WIPO publication number WO 92/12608, published July 23, 1992,
This publication is incorporated herein by reference in its entirety. For example, the cost
of implementing a two-channel receiver can be reduced to approximately one-third the cost
of implemeﬁting a six-channel receiver.

Even with receivers providing only two presentation channels, a degree of four-
channel playback can be realized by using a matrix decoder, for example, provided the
receiver can provide signals which are compatible for dematrixing. Unless special
provisions are made, however, two-channel receivers provide only L/R channel signals
which are not compatible with matrix decoding. Some additional processing is required to
obtain compatible Lt/Rt signals.

In particular, compatibility with the MP:Matrix is desirable because of its wide use
in motion picture soundtracks and its increasing use for encoding soundtracks caryied on
video casselte tapes. In addition, compatibility is desirable because a substantial number of
existing consumer receivers contain MP-Matrix decoders. Preferably, the cost for
providing matrix compatible signals should be low. Several methods are discussed below.

The examples recited throughout this discussion refer to four channels of audio
information (L, R, C and S) and more particularly to the 4-2-4 .MP-Matrix, but the
principles discussed also apply to other matrixing methods and numbers of channels.

Receiver Downmixing

A receiver in a four-channel system can generate a type of L/Rt signals by mixing
four channels according to any of several mixing equations, but they are not strictly
MP-Matrix cdmpatible. One simple set of equations is as follows:

Lt =L + .707-C + .707-S (22)

Rt = R + .707-C + .707-8 (2b)
The C and S channel signals are attenuated in the mix to preserve their original acoustic
power,

The C channel is often used to carry dialogue and can be used to stabilize the
apparent direction of sounds in front of the listener. The S channel, usually played back
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events are occurring around the listener,

Although the mixdown equations shown above do provide a two-channel compatible
mix, they do not provide any phase information for S channel decoding. Furthermore,
signals intended for the S channel are placed in the sound field overlapping the C channel
signal, possibly obscuring the intelligibility of any dialogue. For this reason, S channel
signals may be mixed at a reduced level, for example, as follows: -

Lt =L 4 .707-C + .5-S ' (3a)

Rt =R + .707-C + .5 | (3b)
But like the previous equations, these mixdﬁwn equations do not provide the phase
encoding needed by a decode MP-Matrix for proper S channel decoding.

A simple variation provides some phase coding by inverting the S channel
component which is mixed into the Rt signal. The equations resulting from this variation
are as follows:

Lt = L + .707-C + .707-S (4a)

Rt = R + .707-C - .707-S ) (4b)
This inversion creates a 180-degree phase shift used by the MP-Matrix for S channel
decoding. When S channel signals are uncorrelated with the signals carried by the L/R
channels, the S channel mix will not create any particular constructive/destructive
interference with the front channels. In many applications, however, S channel signals are
derived from the front channel signals. As a result, the L/R and S channel signals are
correlated; when combined, the signals will tend to construcﬁvely' add in the Lt signal and
destructively cancel in the Rt signal. The resulting sound field will be unbalanced toward
the left, and front/back pahned effects will appear to move along an arc around the left side
rather than along a line through the center as intended.

Other mixdown equations can be considered, but they all fail to produce LY/Rt
channel signals which are truly MP-Matrix compatible. When properly encoded, the LY/Rt
signals convey both gain and phase relationships which can be used to decode the S channel
signal.

Two methods can provide MP-Matrix compatible signals in a multi-channel coding
system, but each has disadvantages. The first method generates matrix compatible signals
in the receiver, and the second method generates matrix compatible signals in the

fransniitter.
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Receiver Matrix Encoding

According to the first method, a four-channel receiver receives all four source
channel signals and applies an encode MP-Matrix to the received signals o generate the
LU/Rt signals. Matrix encoding may be applied only when desired.

This method can avoid the cost of the matrix encoding process in receivers which
do not provide matrix compatibility; however, tﬁe implementation costs for receivers which
do provide compatibility may be significantly higher. As a result, manufacturers may be
forced to build two versions of a receiver, a more expensive version providing
compatibility and a less expensive version without compatibility.

The implementation costs for receivers providing matrix compatibility may be
significantly higher because, in practical embodiments, signal synthesis processors must
process all source channels before the desired 90-degree phase shift can be performed. As
mentioned above, the techniques set forth in publication WO 92/12608 allow
implementation costs of receivers to vary in proportion to the number of presentation
channels which are decoded; therefore, for many preferred embodiments of split-band
coding systems, this method eliminates the possibility of a lower-cost matrix-compatible
two-channel receiver, for example.

Regardless of embodiment, however, the additional processing required to perform
phase shifts adds to the implementation costs of a receiver. It is preferable to shift the cost
of performing this processing to transmitters because, in many applications, receivers are
far more numerous than transmitters. This situation is readily apparent in applications such
as radio and television broadcasting, and distribution of recording media such as tapes, '
records and optical discs.

Transmitter Matrix Encoding

According to the second method, a four-channel transmitter uses 4-4 matrix

encoding and phase shifting to encode four source channels (L, R, C and S) into the Lt/Rt

signals plus two "helper" signals, A and B. An example of one 4-4 malrix encoder is as
follows:

Lt=L + . 707.C + 7078 (5a)
Rt = R + .707-C - .707+/S (5b)
A=C ' (5¢)
B=S§ h o (5d)

where j = denotes a phase shift of 90 degrees. Many other 4-4 matrix encoders are
possible; for example, the helpér signals'may be the L and R channel signals,
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The encoded signal is compatible with MP-Matrix decoders as well as two- and
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four-channel receivers. The L/Rt signals may be decoded directly by an"MP-Matrix
decoder into four presentation channels (L’, R’, C’ and S’). The LY/Rt signals are also
compatible with one- and two-channel playback in the same sense as that discussed above
for MP-Matrix compatibility.

" A four-channel receiver receives the four signals Lt, Rt, A and B, and uses a 4-4
matrix decoder to recover the four source channels. A 4-4 matrix decoder compatible with-
the encoder shown above is as follows:

L = Lt- .707-A - .707B (6a)
R = Rt-.707-A + .707B . (6b)
C=A (6c)
S=8B (6d)

Additional information for different embodiments of compatible matrixing with
helper signals may be obtained by referring to U.S. patent 4,577,305, which is
incorporated herein by reference in its entirety.

A receiver must perform matrix decoding fo recover the source channel signals
because LURt signals are transmitted rather than L/R channel signals. The additional
processing required by a receiver 1o recover the source channels is undesirable because it
increases implementation costs. In particular, the receiver must still perform phase-shift
processing because the B signal must be shifted in phase by 90 degrees to accurately
recover the L/R channel signals.

This additional processing may also adversely affect the transparency of the coding
process as a result of two different mechanisms. Arithmetic errors such as round-off errors
is one mechanism which injects noise-like components into a signal. In general, any
arithmetic process may degrade the quality of a digital signal. A second mechanisin
pertains to psychoacoustic effects. Generally speaking, the encoding of signals according
to psychoacoustic principles controls the amount of quantizing noise of the encoded signal
such that the quantizing noise is just masked by the signal’s spectral components. Matrix
decoding can result in one or more signals with a controfled amount of quantizing noise but
having very little spectral energy to mask it. This known effect is sometimes referred to as
"decoder unmasking."”

Transmitter matrix encoding will become even less attractive in the future as
increasing numbers of playback systems with three or more channels become available and

fewer matrix decoder systems remain.
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It is an object of the present invention to provide for a multi-chan
whose presentation channel signals are essentially indistinguishable from its source channel
signals, and whose output signals are compatible with conventional matsix decoders such as
MP-Matrix decoders, but which minimizes the complexity and implementation costs
required to achieve the compatibility. Presentation channel signals are said to be
essentially indistinguishable from source channel signals when the sound field generated by
a playback system in response to the presentation channel signals is essentially
indistinguishable from the sound field that could be generated by the same playback system
in response to the source channel signals.

In accordance with the teachings of the present invention in one embodiment of a
transmitter, four source channel signals are assembled into an encoded signal which
includes a S0-degree phase shift for one of the channels.

In accordance with the teachings of the present invention in one embodiment of a
receiver, four channels of information are recovered from an encoded signal. The
recovered information may be combined as desired using relatively inexpensive processes
to generate signals compatible with MP-Matrix decoders. Otherwise, the recovered
information is essentially indistinguishable from the information conveyed in the source
channels; thus, the recovered signals are compatible with both multi-channel playback
systems and MP-Matrix decoders. _

In accordance with the teachings of the present invention in another embodiment of
a receiver, two matrix-encoded LY/Rt signals and two helper signals are recovered from an
encoded signal. The recovered Lt/Rt signals are used directly for MP-Matrix decoding, or
they may be combined with the helper signals using relatively ihexpensive processes to
generate signals intended for multi-channel playback systems. The recovered signals are
essentially indistinguishable from the source channel signals; thus, the recovered signals are
compatible with both multi-channel playback systems and MP-Matrix decoders.

Many variations are possible. Multi-channel coding systems incorporating the
present invention are not limited to four channels. For example, the L/R channel signals
may convey correlated signal components which, when reproduced, creale a center image
as is common in conventional two-channel playback systems; hence, no C channel is
required. The phase shift may be accomplished using a number of methods such as
applyiqg two types of all-pass filters to the source signals, or by applying a Hilbert

transform to only the source signals requiring the phase shift. It should be understood that
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a 90-degree phase shift is ideal for certain encoder/decoder matrixes s ch\,asihe |

MP-Matrix, but the present invention is applicable to coding requiring phase shifts-of """ ’
various angles. The transmitter may optionally include an indication in the encoded signal
of the presence and/or amount of phase shifts; a receiver may optionally provide matrix
decoder compatibility when such an indication is present in the encoded signal. Additional
variations are discussed below, and other variations will be apparent to those skilled in the
art,
The embodiments discussed herein and shown in the accompanying drawings are
given by way of example and should not be inferpreted as limitations upon the scope of the

present invention,

Brief Description of Drawings

Figure | is a block diagram illustrating the basic structure of a multi-channel
transmitter,

Figure 2 is a block diagram illustrating the basic structure of a multi-channel
receiver. )

Figure 3 is a block diagram iflustrating the basic structure of one embodiment of a
multi-channel receiver which may incorporate various aspects of the present invention.

Figure 4 is a block diagram illustrating the basic structure of one embodiment of a
multi-channel transmitter which may incorporate various aspects of the present invention.

Figure 5 is a block diagram illustrating the basic structure of another embodiment of
a transmitter incorporating various aspects of the present invention.

Figure 6 is a block diagram illustrating the basic structure of another embodiment of
a receiver incorporating various aspects of the present invention.

Figure 7 is a schematic diagram illustrating one embodiment of a 4-4 encoding
matrix p.roviding two MP-Matrix decoder compatible signals and two helper signals.

Modes for Carrying Qut the Invention

Basic Structure
The basic structure of a multi-channel transmitter is illustrated in Figure 1.
Encoder 102 receives four source channel signals from paths 100a-100d. Each signal is
processed by a respective signal analysis processor 104a-104d, and the results of the

analysis are sent along respective paths 106a-106d to formatter 108. Formatter 108
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assembles the processed signals into an encoded signal suitable for trans
and passes the encoded signal along transmission path 110.

The basic structure of a multi-channe! receiver is illustrated in Figure 2.
Deformatter 202 receives an encoded signal from path 200 and extracts from the encoded
signal four extracted signals which it passes along respective paths 204a-204d to decoder
206. Each extracted signal is processed by a respective signal synthesis processor 208a-
208d, and the results of the synthesis are passed along a respective presentation channel
210a-210d.

A multi-channel coding system may comprise a transmitter according to the
structure of Figure 1 and a receiver according to the structure of Figure 2. The
implementation cost of the coding system is approximately proportional to the total number
of signal analysis and signal synthesis processors. As discussed above, a lower-cost
receiver may be implemented with only two channels. One embodiment of a two-channel
receiver comprises deformatter 202 and decoder 206 with signal synthesis processors 208a
and 208b which generate output signals along presentation channels 210a and 210b,
respectively. This two-channel embodiment has an implementation cost of approximatély
one-half that of a comparable four-channel receiver, but it does not provide presentation
channel signals which are compatible with matrix decoders such as an MP-Matrix decoder.

Matrix Encoding
Receiver

Figure 3 illustrates the basic structure of another embodiment of a multi-channel
receiver. Deformatter 302 receives an encoded signal from path 300 and extracts from the
encoded signal four extracted signals which it passes along respective paths 303a-303d to
network 312. Network 312 processes the extracted signals into four intermediate signals
and passes the intermediate signals along paths 304a-304d to decoder 306. Each
intermediate signal is processed by a respective signal synthesis processor 308a-308d, and
the results of the synthesis are passed along a respective presentation channel 3102-310d.
Signal paths 301 and 313 are not used in this embodiment and need not be present.

In another embodiment, network 312 adapts its processing in respoﬁse to an
indication which it receives from path 301. For example, an operator may specify the
network process by means of a switch.

A multi-channel coding system may comprise a transmitter according to the
structure of Figure 1 and a receiver according to either embodiment just described. A two-

channel receiver may comprise deformatter 302, network 312, and decoder 306 with signal
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synthesis processors 308a and 308b which generate output signals alcgmg’ﬁgggscn&aﬁoﬁ - )
channels 310a and 310b, respectively. The receiver can provide limitpd compatibitity with
an MP-Matrix decoder by applying mixing equations in network 312 sf:ch as those in
equations 2a-4b, discussed above. The problems inherent with this approach are also
discussed above.

Transmitter

Figure 4 illustrates the basic structure of another embodiment of a multi-channel
transmitter. Network 412 receives four source channel! signals from paths 400a-400d and
processes them into four intermediate signals which it passes along respective paths 411a-
411d to encoder 402. Each intermediate signal is processed by a respective signal analysis
processor 404a-404d, and the results of the analysis are sent along respective paths 406a-
406d to formatter 408. Formatter 408 assembles the processed signals ir;to an encoded
signal suitable for transmission or storage, and passes the encoded signal along
transmission path 410. Signal paths 401 and 413 are not used in this embodiment and need
not be present.

In another embodiment, network 412 adapts its processing in response to an
indication which it receives from path 401. For example, an operator may specify the
network process by means of a switch.

A multi-channel coding system may comprise a transmitter according to either
embodiment just described and a receiver according to any of the embodiments described
above in relation to Figure 3. As discussed above, the transmitter can provide for
compatibility with an MP-Matrix decoder by applying a 4-4 encode maltrix in network 412.
In this embodiment, network 412 receives L, R, C and S channel signals from paths 400a-
400d and matrixes them into two Lt/Rt channel signals, which are MP-Matrix compatible,
and two additional "helper” channel signals, denoted as A and B, all of which are passed
along respective paths 411a-411d to encoder 402. The four channel signals (Lt, Rt, A and
B) generated by the matrix- are passed in the encoded signal to a receiver. Equations 5a-5d.
provide one example of a suitable encode matrix. The problems inherent with this
approach are discussed above,

Transmitter/Receiver

In one embodiment of a fransmitter according to Figure 4, network 412 encodes the
Lt, Rt and helper channel signals according to the following encode matrix:

Lt=L + ,707-.C + .707-S (7a)

Rt = R + .707-C - .707S (70)
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A=C
B =S

Figure 7 illustrates one embodiment of this encode matrix. The C channel signal is

received from path 700b is passed along path 710b as a helper signal and is passed to
attenuator 704 where it is attentuated to one-half power and pzissed along paths 703 and
705. The S channel signal is received from path 700d, and shifted in phase by 90 degrees
in processor 702. The phase-shifted signal is passed along path 710d as a helper signal and
passed to attenuator 706 which attenuates it to one-half power. The phase-shified and
attenuated signal is passed along path 707 and passed to inverter 708 which obtains a 180
degree phase shift by inverting the signal amplitude. The L channel signal is received
from path 700a, combined with the attenuated C channel signal and with the phase-
shifted/attenuated S channel signal, and passed along path 710a as the Lt signal. The R
channel signal is received from path 700c, combined with the attenuated C channel signal
and with the phase-shifted/attenuated/inverted S channel signal, and passed along path 710c
as the Rt signal,

| In one embodiment of a receiver according to Figure 3, the four channel signals
(Lt, Rt, A and B) are extracted from the encoded signal received from path 300. The
Lt/Rt signals are matrix compatible, The four source channel signals may be recovered in

the receiver from the encoded signal according to the following decode matrix:

L = Lt- .707-A - .707-B . (8a)
R = Rt -.707-A + .707-B (8b)
C=A (80)
S =B (8d)

The basic components illustrated in Figure 7 may be combined in appropriate ways to
implement this decode matrix as well as other encode/decode matrixes discussed herein.

In a split-band coding system, for example, all of the decode maltrix operations
except for the phase shift can be performed inexpensively in the frequency domain prior to
synthesis filtering. For example, in a transforin coding system, two digital signals may be
combined in the frequency domain by adding or subtracting respective transformn coefficient
in each of the two signals. In a digital subband coding system, signals may be combined in
the frequency domain by adding or subtracting corresponding sambles in respective
subband signals. This means that a one-, two- or three-channel (L, R and C) receiver can
be implemented at a cost which is approximately proportional to the number of presentation
channels rather than the number of source channels.
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The phase shift needed to recover the S channel signal is a mote xpensive

operation than the other matrixing operations, but it need not be perfotmed unless an exact

o A

recovery of the S channel signal is required. In many applications, however, the 90-degree
phase shift in the S channel signa! will generally be inaudible.

J— Jp—— }

In one embodiment of a transmitter according to Figure 5, network 512 shifts the
phase of the S channel signal received from path 500d. Encode 502 receives the phase-
shifted S channel signal from path 511 and the other three source channel (L, R and (9]
signals from a respective path 500a-500c, processes each signal by a respective signal
analysis processor 504a-504d, and passes the results of the signal analysis along a
respective path 506a-506d to formatter 508. Formatter 508 assembles the processed signals
into an encoded signal suitable for transmission or storage, and passes the encoded signal
along transmission path 510. Paths 501 and 513 are not used in this embodiment and need
not be present.

The following equations represent the encode matrix:

L=L (92)
R=R " ) (9b)
A=C )
B =J§ - (9d)

In another embodiment, network 512 adapts its processing characteristics in
response to an indication received from path 501. For example, network 512 may adjust
the amount of phase shift in response to an operator-actuated control.

In one embodiment of a receiver according to Figure 2, the four channel signals (L,
R, A and B) are received in an encoded signal from path 300. Except for the 90-degree
phase shift in the B signal, the four received signals correspond exactly with each of the
four source channel signals. As mentioned above, however, this phase shift is generally
inaudible in many applications. If the S channel signal must be recovered accurately, an
embodiment of a receiver according to Figure 3 can perform the required phase shift in
network 312.

If decode MP-Matrix compatible signals are desired, a two-channel receiver
according to the structure shown in Figure 3 can obtain them by applying the following
encode matrix in network 312:

Lt =L + .707-A + .707-B (10a)

Rt =R + .707-A - .707'B . (10b)

; P kX



215 - b3 DEC BEh

An embodiment of a receiver according to Figure 6 may provide m}ithﬂﬁn"ﬁ‘éf‘"’"M"
compatible signals and decode matrix compatible signals. Deformatter 602-receives st~

encoded signal from path 600 and extracts from the encoded signal four extracted signals
which it passes along respective paths 604a-604d to decode 606 and to network 612. A
'respeclive signal synthesis processor 608a-608d processes the four extracted signals and
passes the results along a respective path 610a-610d. Network 612 applies the encode
matrix equations 10a-10b to the four extracted signals to generate two intermediate signals
which it passes along a respective path 614a-614b. Signal path 613 is not used in this
embodiment and need not be present.

In another embodiment, an indication is extracted from the encoded signal and
passed along path 613. Encode 606 and/or network 612 adapt processing characteristics in
response to the indication received from path 613. For example, the indication may
specify whether four-channel output or two-channel matrix compatible output is to be
provided.

In some embodiments, the signals passed along paths 614a-614b are not the Lt/Rt
signals required for matrix compatibility. Gerierally, signal synthesis processing is
required to obtain these Lt/Rt signals. This signal synthesis processing may be performed
by processors not shown in Figure 6, or it may be performed by a respective two

processors 608a-608d within decode 606 using signal paths not shown in Figure 6. The

routing of signals to the signal processors may be accomplished in response to an indication

received from path 613, for example, or in response to an operator request along a path not

shown in Figure 6.

The various embodiments of receivers according to structures shown in Figures 3
and 6 may apply an encode matrix with mixing equations which differ slightly from those
shown in equations 10a-10b as follows:

Lt =L + .707'A + .707'B- xR (11a)
Rt = R + .707-A - .707'B - x'L (11b)

Matrix encoding tends to collapse sound field images. In comparison to the sound
fields generated by multiple discrete channel signals, the sound fields generated by multiple
channel signals that have been subjected to matrix encoding and decoding appear to be
grouped toward the center of the field. Matrix processing tends to reduce the spatial
breadth of a sound field. In order to partially counteract this effect, the mixing equations
shown in 11a-11b reduce the level of signal components common to the L/R channel

signals. The amount of the reduction is controlied by the value of the x coefficient. A
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typical value is 0.25. In some embodiments, this coefficient may be l#1dj31§t‘€d"i'ff i'esponse/
to an indication received in the encoded signal, or in response to an if{dicattﬁﬁ'géﬁgr;{&f 'at
the receiver by an operator actuated control. In an embodiment according to the structure
shown in Figure 3, for example, this indication may be received from path 301.

Adaptive Processing

In yet another embodiment of a transmitter according to Figure 4, network 412 may
adapt its processing in response to various signal characteristics detected in the source
chanrel signals and/or in response to an indication received from path 401. For example,
network 412 in a psychoacoustic-based transmitter/encoder may adaptively turn off matrix
encoding in response to detecting little or no speciral energy in either the L or R channel
signals. In conjunction with a complementary adaptive receiver, decoder unmasking could
be avoided. An indication of the network process actually used is passed along path 413 to
formatter 408 which assembles the indication into the encoded signal.

In addition, encoder 402 may adapt its processing in response to the indication
received from path 413. For example, the indication may inform encoder 402 which
channels to process. F .

An embodiment of a transmitter according to Figure 5 may adapt is operation in a
manner similar to that just described for the embodiment illustrated in Figure 4.

In yet another embodiment of a receiver according to Figure 3, deformatter 302
extracts from the encoded signal an indication of the network process used to prepare the
encoded signal. Network 312 and/or decoder 306 adapt their processing in response to the
indication received from path 313. For example, the indication extracted from the encoded
signal may inform network 312 which of several matrixing equations to use and/or inform
decoder 306 which channels to process.

Split-band Coding Implementations
Transmitter

In one embodiment of a transmitter utilizing split-band coding techniques, each
signal analysis processor 104a-104d comprises an analysis filter bank and an adaptive
quantizer. The analysis filter bank generates subband signals representing frequency
subbands of a respective source channel signal, and the adaptive quantizer quantizes the
subband signals using a number of bits allocated according to psychoacoustic principles.
Details of implementation for the analysis filter bank and quantizer are not critical to the
practice of the present invention. Many different implementations may be used. For

example, implementations of a subband coder and a transform coder are more fully

A
\




-17 -

PR
L

i e e

-
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herein by reference in their entirety.

In another embodiment utilizing split-band coding techniques, each signal analysis
processor 104a-104d comprises an analysis filter bank for generating subband signals, and
encoder 102 comprises an adaptive quantizer which jointly quantizes the subband signals
generated by all the synthesis filter banks according to psychoacoustic principles. By
jointly quantizing subband information for all the channels, various inter-channel masking
effects may be more easily exploited. Details of implementation are not critical to the
practice of the present invention, Many different implementations may be used. For
example, implementations of cross-channel coding are more fully disclosed in WIPO
publication WO 92/12607, referred to above, and in U.S. patent 4,555,649 and European
Patent Office publication EP 0 402 973, which are incorporated herein by reference in their
entirety.

These embodiments also apply to the structures illustrated in Figures 4 and 5.

Receiver

In one embodiment of a receiver utilizitig split-band coding techniques, each signal
synthesis processor 208a-208d comprises a dequantizer and a synthesis filter bank, The
dequantizer dequantizes a respective intermediate signal into subband signals using the
same number of bits used by a transmitter to quantize the information, and the synthesis
filter bank generates presentation signals along a respective presentation channel 210a-210d
in response to the subband signals. Details of implementation for the synthesis filter bank
and dequantizer are not critical to the practice of the present invention. Many different
implementations may be used.

In another embodiment utilizing split-band coding techniques, each signal synthesis
processor 208a-208d comprises a synthesis filter bank for generating presentation signals,
and decoder 206 comprises a dequantizer which dequantizes all of the intermediate signals
extracted by deformatter 202. Details of implementation are not critical to the practice of
the present invention. Many different implementations may be used.

These embodiments also apply to the structures illustrated in Figures 3 and 6.

Selected Subbands

In a split-band coding system, the combining operations of an encode or decode
matrix can be performed inexpensively in the frequency domain. Furthermore, these
operations can be confined to selected subbands. For example, in a split-band coding

system comprising a transmitter and a receiver, the transmiiter may apply an encode matrix
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to adaptively selected subbands and pass an indication of the selection in lthe encoded

signal. Matrix encoding might be used as a means for reducing the number of bits
required to encode source channel signals during intervals when more bits are required to
encode all of the source channel signals individually than are otherwise available, In
response to the indication extracted from the encoded signal, a four-cliannel reoéiver coﬁid
adaptively apply a decode matrix to the appropriate subbands. One embodiment of the
transmitter differs from that shown in Figure 4, for example, in that the matrix encoding
function is interposed between encoder 402 and formatter 408.

The transmitted signal encoded in this manner could also provide a degree of
compatibility with a two-channe! receiver which is not responsive to the indication of
subband selection. The two presentation channel signals derived from the encoded signal
would convey the spectral energy of the L/R channel signals in lower-{frequency subbands,
for example, and convey the spectral energy of the Li/Rt signals in higher-frequency
subbands.

Alternative Embodiments

The embodiments discussed above which illustrate various aspects of the present
invention make more particular mention of four-channel systems having L, R, C and S
channels. Discussion of matrix encoding and decoding has made more particular mention
of the MP-Matrix. The present invention is not limited to any specific number of channels
or to any specific encode/decode matrix. These embodiments have been set forth by way
of example only: ‘The scope of the present invention may be appreciated by reference to
the following claims.
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1. A system for processing multiple channels of audio informaﬁen;—said%yﬁemw—wi

comprising
a transmitter comprising
first networking means for generating intermediate signals by
. changing the phase of information received from one or more of said
multiple channels of audio information relative to the phase of information
received from another of said multiple channels of audio information,
encoding means responsive to said first networking means for
generating subband signals representing frequency subbands of said
intermediate signals, and
formatting means for assembling said subband signals into an encoded
signal suitable for transmission or storage; and
a receiver comprising '
deformatting means for r@celvmg said encoded signal and for
extracting recovered subband mgnals therefrom,
second networking means for combining, in one or more subbands,
said recovered subband signals corresponding to at least two of said multiple
channels of audio information, and
decoding means responsive to said second networking means for

generating recovered audio information.

2. A system according to claim 1 wherein said first networking means effects a

relative phase change substantially equal to ninety degrees.

3. A system according to claim 2 wherein said first networking means comprises

means for applying a Hilbert transform.

4. A system according to claim | wherein said first networking means comprises
means for effecting a phase change for information corresponding to all of said mulitiple
channels, wherein said phase change for information corresponding to said one or more
channels differs from said phase change for information corresponding to said another

channel.



WA

-20-

-
;
3. A system according to claim 4 wherein said first networkm% nteang effects, S 3094
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relative phase change substantially equal to ninety degrees. — "
I

6. A system according to claim 1, 2 or 4 wherein said second netwmng means

combines subband signals substantially according to the mixing equations of an encode
MP-Matrix without changes in phase.

7. A system according to claim 1 wherein said encoding means generates said
subband signals by applying a bank of band-pass filters, and wherein said decoding means

generates said recovered audio information by applying a bank of inverse band-pass filters.

8. A system according to claim 1 wherein said encoding means generates said
subband signals by applying a discrete transform, and wherein said decoding means

generates said recovered audio information by applying an inverse discrele transform.

9. A system according to claim 1, 7 or 8 wherein said encoding means comprises
means for quantizing said subband signals usiﬁ?; a number of bits established according to
psychoacoustic principles and wherein said formatting means assembles allocation

indicators into said encoded signal indicating the number of bits used for quantizing.

10. A system according to claim 1 wherein said transmitter further comprises means
for receiving an indication signal, wherein said first networking means and/or said

encoding means adapts its operating characteristics in response to said indication signal.

11. A system according to claim 10 wherein said indication signal is generated by
“an operator actuated control. i

12. A system according to claim 1 wherein said receiver further comprises means
for receiving an indication signal, wherein said second networking means and/or said

decoding means adapts its operating characteristics in response to said indication signal.

13. A system according to claim 12 wheréin said indication signal is generated by

an operator actuated control and/or is generated in response to information extracted from
said encoded signal.
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14. A transmitter for processing multiple channels of audio infor /
encoding means for generating subband signals represenuflg frequency . e

subbands of said multiple channels of audio information,
networking means responsive to said encoding means for generating

intermediate signals by changing the phase of one or more subband signals

corresponding to one or more of said multiple channels of audio information,

wherein said phase is changed relative to the phase of subband signals

corresponding to another of said multiple channels, and
formatting means for assembling said intermediate signals into an encoded

signal suitable for transmission or storage.

15. A transmitter according to claim 14 wherein said audio information comprises
signal samples, said bank of band-pass filters is implemented by a digital filter, and said

network means applies a Hilbert transform to said one or more subband signals.

16. A method for processing multiple channels of audio information, said method
comprising ’ '
transmitting, comprising the steps of
generating first intermediate signals by changing the phase of .
information received from one or more of said multiple channels of audio
information relative to the phase of information received from another of
said multiple channels of audio information,
generating subband signals representing frequency subbands of said
first intermediate signals, and
assembling said subband signals into an encoded signal suitable for
transmitting or storing; and
receiving, comprising the steps of
receiving said encoded signal and extracting recovered subband
signals therefroin,
generating second intermediate signals by combining, in one or more
subbands, said recovered subband signals corresponding to at least two of
said multiple channels of audio information, and
generating recovered audio information in response to said recovered

subband signals and said second intermediate signals.
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17. A system for processing multiple channels of audio inform{mon said syslem

i
PP |

comprising

a transmitter comprising

a phase-change network responsive to one or more channels ‘of said
multiple channels of audio information,

a split-band coder responsive to said phase-change network,
a multiplexor responsive to said split-band coder; and

a receiver comprising
a demultiplexor,
a matrixing network responsive to said demultiplexor, and

a split-band decoder responsive to said matrix network.

18, A system according to claim 17 wherein said phase-change network effects
relative phase changes substantially equal to ninety degrees.

19. A system according to claim 17 or. 18 wherein said matnxmg network is an
encode MP-Matrix without changes in phase.

20. A system according to claim 17 wherein said split-band coder comprises a bank
of band-pass filters, and wherein said split-band decoder comprises a bank of inverse band-
pass filters,

21. A system according to claim 17 wherein said split-band coder applies a discrete

transform, and wherein said split-band decoder applies an inverse discrete transform.

22. A system according to claim 17, 20 or 21 wherein said split-band encoder
quantizes encoded split-band signals using a number of bits established according to
psychoacoustic principles and said multiplexor multiplexes an indication of said number of
bits with said encoded split-band signals. |

23. A system according to claim 17 wherein said matrixing network and/or said
split-band decoder adapt operating characteristics in response to a signal which is generated
by said demuitiplexor and/or received by an input terminal.
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MULTI~CHANNEL TRANSMITTER/RECEIVER SYSTEM
PROVIDING MATRIX-DECODING COMPATIBLE SIGNALS

* The invention relates generally to transmitting and receiving multiple channels of
information, particularly audio information which represents a multidimensional sound
field. More particularly, the invention relates to devices and methods which provide
signals that are compatible with multi-channel receivers and with matrix decoders such as
the decode MP-Matrix used for many motion picture soundtracks. In a multi-channel
transmitter, a network prepares intermediate signals which are encoded by signal analysis
processors into a signal for subsequent transmission or storage. In a multi-channel
receiver, information extracted from the received encoded signal is combined in a network

and processed by signal synthesis processors to provide output signals which are compatible
with a matrix decoder.

Figure 3
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