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Technical Field

The invention relates to audio signal processing, and more particularly to
adaptively modifying matrixed audio signals, or their frequency component
representations, in an environment in which the noise level varies with signal

amplitude.
Background of the Invention

Audio matrix encoding and decodinér is widely used for the soundtracks of
motion picture and video recordings in order to carry 4 channels of sound on a two-
track or two-channel medium. The most commonly used system employs the "MP"
matrix, a 4:2:4 matrix system that records four source channels of sound on two
record media channels and reproduces four channels. Commercial systems employing
the MP matrix are known under the trademarks Dolby Stereo and Dolby Surround.

The MP 4:2 encode matrix is defined by the following relationships:

Ly =L + 0.707C + 0.7078 (Eqn. 1)

Ry = R + 0.707C - 0.707S (Eqn. 2)
where L is the Left channel signal, R is the Right channel signal, C is the Center
channel signal and S is the Surround channel signal. Thus, the matrix encoder output
signals are weighted surhs of the four source signals. L; and R; are the matrix output
signals.

The MP 2:4 decode matrix is defined by the following relationships:
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L[erf] = L + 0.707C + 0.707S R’ =Rqg (Eqn. 1) (Eqn. 4)
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5 | C’ = (L + RYA2 (Eqn. 5)

S’ = (Ly - RYW2 (Eqn. 6)

where L’ represents the decoded Left channel signal, R’ represents the decoded Right
10 channel signal, C’ represents the decoded Center channel signal and $° represents the

decoded Surround channel signal. Thus, the matrix decoder forms its output signals

from weighted sums of the 4:2 encoder matrix output signals L, and Ry.

Due to the known shortcomings of a 4:2:4 matrix arrangement, the output

signals L', C’, R’ and §’ from.the decoding matrix are not exactly the same as the
15 corresponding four input signals to the encoding matrix. This is readily demonstrated

by substituting the weighted values of L, C,.R and S from Equations 1 and 2 into

Equations 3 through 6:

L’=L,= L+ 0.70%C + S) (Eqn. 3a)
20
R' =R, = R + 0.707(C - S) (Eqn. 4a)
C’ =(L; + RYN2 = C + 0.707(L + R) (Eqn. 5a)
25 S’ = (L, - ROA2 = S + 0.707(L - R) (Eqn. 6a)

The crosstalk components (0.707 (C + S) in the L’ signal, etc.) are not desired but are
a limitation of the basic 4:2:4 matrix technique.
Various approaches are known for improving the performance of a 2:4 decoder
30 matrix. One example is set forth in US-PS 4,799,260, which is hereby incorporated
| herein by reference in its entirety. Such known decoder enhancement techniques are
directed to improving the channel separation and reducing the crosstalk among

channels in the decoded signals. The present invention is not directed to such
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problems but is compatlble with ltﬁéiﬁ [ IThus, if desired, '. 'the 2.4 matnx aecoder of the
present invention, described belovc maﬁmqogmrpteﬂ h[na;a;tﬂ]t )dp?gkr eahancement

as described in the *260 patent or other matrix decoder enhancement techniques. The

invention will be described with simple 4:2:4 matrix equations.

Other 4:2:4 audio matrix systems are known in addition to the MP matrix,
including the "QS" and "SQ" systems which were the basis of two competing
quadraphonic sound systems introduced in the 1970’s. The invention is not limited to
use with the MP matrix. |

Historically, 4:2:4 audio matrix encoding and decoding has been used mainly in
connection with two-channel, two-track or stereophonic analog recording media such as
vinyl phonograph discs, the optical soundtiacks of motion picture film (i.e, "stereo
variable area® or SVA optical soundtracks), and the audio tracks of videotape
recordings and videodiscs.

More recently, 4:2:4 audio matrix encoding and decoding has also been used in
connection with two-channel digital recording media such as Compact Disks and the
digital audio tracks of videotape recordings-and videodiscs.

In the analog and digital systems just mentioned, uncorrelated channel noise
related to signal amplitude in the channel is either not produced or is so small as
generally to be trivial. However, in certain types of digital audio systems, such as
psychoacoustically-based low-bit-rate transform and subband coders, uncorrelated noise
resulting from the low-bit-rate coding quantization is generated which increases with
the signal amplitude in the channel. However, listeners generally do not perceive the
noise because it is masked by louder desired signal components in the channel. The
noise is uncorrelated across or between the channels of the encoder.

When matrixed encoded signals are applied to a low-bit-rate encoder/decoder
system and then de-matrixed, the dematrixing, under certain signal conditions,
separates the masking signal from the noise in a particular channel, thus potentially
making the noise audible in that channel. This is also a problem in other systems
which produce uncorrelated noise related to signal amplitude in the channel and the
noise is uncorrelated across or between the channels.

As one example of this problem, assume that a 100 dB SPL (sound pressure
level) signal is applied to the Center input channel of an MP matrix encoder with no
signals (0 dB SPL) applied to the Left, Right or Surround inputs. In accordance with
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noise will be masked in each of the MP matrix decoded Left, Center and Right

channels by the respective 97 dB signals. However, when the MP matrix decoder

reconstructs the Surround channel by subtracting Ry from Ly, the 97 dB correlated
signal components cancel but the 67 dB noise components add because they are

10 uncorrelated, resulting in 67 dB SPL of noise in the Surround channel with no signal
to mask the noise.

This problem is most noticeable when a channel, such as the Surround channel
in this example, is listened to in isolation. However, it is still noticeable under some
signal conditions under normal listening conditions when there is some masking from

15 signals in other channels which are reproduced by other loudspeakers. Although the
problem has been illustrated with one particular example of signal conditions, it will be
apparent to those of ordinary skill in the art that unmasked noise problems will arise
under other signal conditions.

Because of the very large number of sound sources, particularly motion

20 pictures, having two MP matrix encoded tracks, on the one hand, and the growing use
of low-bit-rate coding systems, on the other hand, there is a pressing need to solve the
unmasked noise problem just described because it is likely that two-channel MP matrix
encoded sound sources will be stored by or transmitted by low-bit-rate coding systems.
The solution to this problem must take into account the need to maintain compatibility

25 with the large population of existing MP matrix encoded sound sources and MP matrix
decoding hardware.

Although the invention will be described in connection with the MP matrix, it
will be apparent to those of ordinary skill in the art that the principles of the invention
are also applicable to other 4:2:4 audio matrix systems. In addition, although the

30 invention will be described in connection with low-bit-rate coding systems in which
audio signals in the encoder are divided into frequency components, it will be apparent
to those of ordinary skill in the art that the principles of the invention are also

applicable to other environments in which the uncorrelated noise related to signal



C

= (L[ err DOLORIRCT)/[err]2 = C + 0.707(L + R (Egn. 5a)
S = (L[err] - Rerr])/[err]2 =8 + 0.707(L- R) (Egn. 6a) The
cfosstal k conponents (0.707 (C+ S) in the L' signal, etc.) are not desired
hut are a limtation of the basic 4:2:4 matrix techni que. Vari ous

approaches are known for inproving the performance of a 2:4 decoder

mcor por at cHIPRUBE prbga i drdund] and he nfief FEudhelf sttty

enhancenent cliaffi€lg] ques are directed to inproving the c
.and reducing the crosstal k among channels in the decoded %ﬂu %Lt%asﬂgéf?l{eplaced

Present ITVILION 13 ro dlreets to suen (MR

5 Summary of the Invention

In accordance with the present invention, method and apparatus for solving the
unmasked noise problem are provided. The solution maintains compatibility with
existing matrix encoded software and matrix hardware. In accordance with the present

10 invention the matrix is adaptively modified as may be necessary by a further matrix in
accordance with dynamic signal conditions in order to reduce the unmasked noise
problem. Preferably, this is accomplished by means of an adaptive rematrixing
apparatus or function separate from the encode and decode matrix. However, under
some circumstances, such as a dedicated encoder or decoder, the matrix may be

15 combined physically or functionally with the adaptive rematrixing. Such combination
may result in either of two equivalent relationships: a single variable matrix or a fixed
matrix associated with a variable matrix. The adaptive rematrixing apparatus or
function may operate in the time domain or the frequency domain.

In a preferred embodiment the adaptive rematrixing is performed as an integral

20 function of a low-bit-rate encoder and decoder, a 4:2 encoding matrix providing the
two input channels to the encoder and a 2:4 decoding matrix receiving the two output

 channels from the decoder. _

The adaptive rematrix according to the invention rematrixes the incoming
matrixed signals from the unmodified 4:2 matrix encoder to isolate quiet components

25 from loud ones, thereby avoiding the corruption of quiet signals with the low-bit-rate
coding quantization noise of loud signals. The decoder is similarly equipped with a
rematrix, which tracks the encoder rematrix and restores the signals to the form
required by the unmodified 2:4 matrix decoder. As mentioned above, the 2:4 matrix
decoder may employ separation enhancement techniques, but the use or nonuse of such

30 techniques is unrelated to the present invention.

In its broadest aspects, the encoder adaptive rematrix according to the invention

comprises means for selectively applying the matrix output signals or the sum and
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10 smallest amplitude and for applying the sum and difference of the matrix output signals

to the coding, transmission or storage if one of the sum and difference of the matrix
output signals has the smallest amplitude. The sum and difference signals may be
amplitude weighted. The adaptive rematrix may operate on frequency component
representations of signals rather than the time-domain signals themselves. The

15 amplitude determination may be made with respect to frequency weighted signals —
for example, mid-range frequencies may be-weighted more heavily.

The terminology "frequency component representations” is used in this
document to refer to the output of an analog filter bank, the output of a digital filter
bank or a quadrature mirror filter, such as in digital subband coders, and to the

20 transform coefficients generated in digital transform coders.

In its broadest aspects, the decoder adaptive; rematrix according to the invention
includes means for recovering the received signals unaltered when the encoder adaptive
matrix applied the matrix output signals to the coding, transmission or storage and for
recovering the sum and difference when the encoder applied the sum and difference of

25 the matrix output signals to the coding, transmission or storage. The sum and
difference signals may be amplitude weighted.

The encode adaptive rematrix takes one of two forms or states: an identity, no
change matrix and a sum/difference matrix. The choice of the identity matrix or the
alternate sum/difference matrix is accomplished dynamically by determining which of

30 - the signals among the encode matrix output signals and the sum and difference of the
encode matrix output signals has the smallest amplitude, preferably RMS amplitude,
and applying the matrix output signals to the coding, transmission or storage if one of

the matrix output signals has the smallest amplitude and applying the sum and
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applied to the Lffhe preféfred @mbotimdh e ity matrix $6raPbf HaChchlld Adaptive
matrix applies L; and R; as shown in Equations 1 and 2, while the alternate

sum/difference matrix form of the encode adaptive matrix applies a weighted sum L,’
10 = W(L; + Ry in lieu of L; and a weighted difference R, = Y2(L; - Ry) in lieu of
R;. The controller portion of the encode adaptive matrix selects either the identity
matrix or the alternate matrix based on the amplitudes of L;, Ry, L;’ and R;’.
The combined action of a 4:2 MP encode matrix and the adaptive rematrix thus

provides either the standard MP matrix encoder outputs L; and Ry as given by

15 Equations 1 and 2 or alternate outputs L;’ and R;’ given by the relationships:
L= %(L; + Ry = (L + R) + 0.707C (Eqn. 7)
Ry’ = %(L; - Ry = 'A(L - R) + 0.707S (Eqn. 8)
20

where L is the Left channel signal, R is the Right éhannel signal, C is the Center
channel signal and S is the Surround channel signal. The alternate encode matrix
output given by Equations 7 and 8 is a 90 degree rotation of the standard MP encode
matrix given by Equations 1 and 2 so as to isolate the C and S signal components

25 rather than the L and R signal components.

The 0.5 weighting shown in Equations 7 and 8 may be varied so long as the
combined effect of the encode adaptive rematrix and the decode adaptive rematrix is
substantially that of an identity matrix. Thus, equations 7 and 8 may be expressed
more generally as:

30
L= k(L; + Ry = k(L + R ++/2C) (Eqn. 7a)

Ry'= k(Ly - Ry) = k(L - R + +/25) (Eqn. 8a),
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10 and the other input as the difference of the received signals, otherwise it provides its

input as its output. Thus, the decode adaptive rematrix also has two states and they
track the state of the encode adaptive rematrix. Therefore, the output of the decode
adaptive rematrix is the same as if no adaptive rematrixing had been used in the
encoding arrangement.

15 The adaptive rematrix in the encoder and the adaptive rematrix in the decoder
function essentially in the same way at the same time. They differ from each other
only in the amplitude weighting or scaling épplied to their respective output signals and
in that the encoder adaptive rematrix has a controller. Because they operate together
as part of a system, the way in which the amplitude weighting or scaling is apportioned

20 between the encode rematrix and the decode rematrix is arbitrary so long as the output
of the decode rematrix remains substantially unchahged as the encode and decode
rematrix track with each other in switching between their two states. The combination
of the encode rematrix and the decode rematrix is an identity matrix for both modes of
operation. Thus, although in the preferred embodiment disclosed the encode and

25 decode rematrices have amplitude scalings of 0.5 and 1.0, these weightings may be
varied so long as the combination of the encode and decode rematrix remains
substantially an identity matrix. It should be noted that the L;’ and R,’ values applied
to the four-way controller in the encode rematrix should incorporate the amplitude
scaling employed in the encode rematrix.

30 Taken in isolation, the combined action of the decode adaptive rematrix and the
standard 2:4 MP matrix decoder provide either the standard MP matrix decoder output
as given by Equations 3 through 6 (but replacing "L." with "(L,)," and "R;" with
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10 § = Re)p2 (Eqn. 12)

where (L"), and (R;’), are the two alternate outputs resulting from the combination of
4:2 MP encode matrix and the encode adaptive rematrix defined by Equations 7 and 8.
The subscript D indicates that these are the decoded values of L;’ and Ry’. Under

15 these conditions, the outputs of the adaptive rematrix 26 are (L;")p + (Ry’)p and (Lt')p
- (Ry')p, respectively. The alternate decode matrix output given by Equations 9
through 12 is a 90 degree rotation of the standard MP decode matrix output given by
Equations 3 through 6.

The 1.0 weighting of the alternate adaptive rematrix output may be varied so

20 long as the combined effect of the encode adaptive rematrix and the decode adaptive
rematrix is substantially that of an identity matrix. Thus, the outputs of the adaptive
rematrix in its alternate sum/difference form may be expressed more generally as
kiL)p + (Re)p] and k,[(L;"), - (Re')p], respectively, where "k," is a constant
subject to the aforementioned constraints.

25 If the weighted values of L, R, C and S corresponding to L;’ and R’ in
Equations 7 and 8 are substituted for (L"), and (R;"), in equations 9 through 12, the
output of the 2:4 MP matrix decoder is the same as in equations 3 through 6. Thus,
under both modes of operation the 2:4 matrix decoder desired signal components
remain the same, however, undesired noise components are reduced in the manner of

30 the example set forth below.

When the invention is used in connection with a low-bit-rate encoder in which
audio signals are divided into frequency components and the frequency components are

subject to bit-rate reduction encoding, the adaptive rematrix preferably forms a part of
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assembly of the frequency components into time-domain signals.

In the preferred embodiment, the low-bit-rate encoder and decoder are of the
type described in US-PS 5,109,417, which is hereby incorporated herein by reference
in its entirety, and in the published international patent application WO 92/12607,
published July 23, 1992 entitled "Encoder/Decoder for Multidimensional Sound Fields.
The encoder/decoder system of the *417 patent uses a transform to divide the time-
domain audio signals into frequency components. Prior to the transformation, the
input audio signals are divided into time blocks and the transform then acts on each
block. In such a system, the adaptive rematrix decision is done on a block-by-block
basis such that the rematrix assumes either its identity or alternate configuration for
each block.

In explaining the problem addressed:by the invention, a specific example is
given above in which 67 dB of noise results in the Surround channel output from the
2:4 MP decode matrix. In the example, the signal applied to the Center channel is 100
dB. Thus, applying teachings of the invention, L; and Ry are each 97 dB, L;’ =
“a(Lr + Ry) = 97 dB and Ry’ = 'A(L; - Ry) = -oo dB (i.e. zero) and of the four
signals L, Ry, Ly’ and Ry’, the smallest is the difference signal (Ry’) which results in
selection of the alternate matrix by the adaptive rematrix.

Selecting the alternate matrix as the adaptive rematrix causes L;’ = ‘a(L; +
Ry) and Ry’ = %4(L; - Ry) to be sent instead of Ly and Ry, respectively. Thus, the 97
dB L; and Ry signals are converted to a 97 dB sum signal (L;’) and a -o dB (i.e.,
zero) difference signal (R;’). The 97 dB sum signal (L;’) will still pick up 67 dB of
noise, while the zero amplitude difference signal picks up no noise. The decode
adaptive rematrix reconstructs (L;"), + (Rp)p and (Ly")p - (Ry)p from (L;’), and
(R;’)p, resulting in two 97 dB signals, each with 67 dB of noise, output from the
adaptive rematrix to the 2:4 decode matrix. However, in this case the noise in each of
the signals is identical instead of being uncorrelated. Consequently, when the 2:4 MP
matrix decoder reconstructs the Surround channel by subtracting the two signals, the

97 dB signal components will cancel and so will the 67 dB noise components, resulting
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10 Figure 2 is a block diagram directed to the adaptive rematrixing function and
showing the four-way controller function.

Figure 3A is a functional block diagram showing a preferred embodiment of an
encoder arrangement embodying aspects of the present invention in which the adaptive
rematrix function is contained within or forms a functional part of a low-bit-rate

15 psychoacoustically-based encoder.

Figure 3B is a functional block diagram showing a preferred embodiment of a
decoder arrangement embodying aspects of the present invention in which the decode
adaptive rematrix function is contained within or forms a functional part of a low-bit-
rate psychoacoustically-based decoder.

20 Figure 4 is a functional block diagram showing a modification of the encoder
arrangement of Figure 3A in which an independent adaptive rematrix is provided for

each frequency band or, alternatively, for groups of bands.

Detailed Description of the Preferred Embodiments

25
Referring now to Figures 1A and 1B of the drawings, encoding and decoding
arrangements embodying various aspects of the invention are shown. The
embodiments of Figures 1A and 1B are time-domain embodiments of the invention.
The invention may also be expressed in frequency-domain embodiments, described
30 below. In Figure 1A, four audio signal source inputs L, C, R and S representing the

Left, Centér, Right and Surround sound channel inputs are shown applied to a 4:2
encoder matrix 2 which produces two output signals L, and R; which are weighted

sums of the four source signals. The matrix preferably encodes the signals according
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before they are applied to the adaptive rematrix 4. The adaptive rematrix takes one of

10 two forms: an identity, no change matrix and a sum/difference matrix. Thus, the
outputs A and B from the adaptive rematrix 4 are either L; and Ry from the identity
matrix as shown in Equations 1 and 2 or L, = ¥(L; + Ry) in lieu of L; and Ry’ =
1A(Ly - Ry) in lieu of Ry from the alternate sum/difference matrix. A control signal on
line 6 indicates which form of the rematrix is in use.

15 Functional details of the encode adaptive rematrix 4 including its controller are

~ shown in the block diagram of Figure 2. 'Fhe L; and R; input signals are applied to an
alternate matrix 8 and to one pair of input poles of a double-pole double-throw switch
10. The alternate matrix 8 provides as its outputs the weighted sum and weighted
difference of its inputs, namely L;’ = %(L; + Ry) and Ry’ = Y%2(L; - Ry). The Ly

20 and Ry input signals and the L;’ and R;’ alternate matrix output signals are applied to
a four-way amplitude comparator 12. Comparator 12 compares the amplitudes,
preferably the RMS amplitudes, of Ly, Ry, Ly’ and R’ and notes which is smallest.
The signals may be frequency weighted. If the amplitude of L, or Ry is smallest, the
comparator 12, via line 14, causes switch 10 to select the identity matrix (i.e., the L;

25 and Ry inputs), else the comparator causes switch 10 to select the alternate matrix (i.e,
the L’ and Ry’ inputs). The comparator 12 may choose the identity matrix or the
alternate matrix periodically or aperiodically. The choice may, for example, be made
in accordance with characteristics of the input signals L; and R;, at regular intervals,
and/or in accordance with the encoding operations of an encoder associated with the

30 adaptive rematrix. In the preferred embodiment described hereinafter, audio signals
are divided into blocks by an encoder and the state of the adaptive rematrix is chosen

for each block.
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10 signals to the input 20 of the decoding arrangement of Figure 1B.

As noted above, the encode matrix 2 may operate in the analog or digital
domain or some combination thereof. The encode adaptive rematrix 4 and the decode
adaptive matrix of Figure 2 may also operate in the analog or digital domain or some
combination thereof. In addition, the encoder 16 may operate in the analog or digital

15 domain or some combination thereof. Known encoders configured as a
psychoacoustically-based low-bit-rate transform or subband coders operate in the digital
domain and are usually implemented using‘digital signal processing techniques. In the
digital domain, the control signal on line 6 may be a single control bit.

~In Figure 1A and throughout this document, connections between blocks are

20 shown as one or more lines merely to aid in conceptual understanding. In practice, the
actual number of lines may vary from the number shown. For example, although the
output 18 from encoder 16 is shown as a single line, the output carries an encoding of
the audio signals received by the encoder on lines A and B along with the control
signal or control bit on line 6. These outputs could be multiplexed and transmitted in

25 series on output 18. Alternatively, for example, three output lines may be required if
the two audio channels and the control signal are put out in parallel.

Although shown as separate blocks, the 4:2 encode matrix 2 and the encode
adaptive rematrix 4 may be combined and need not be spatially and/or temporally
separated. In practice, the 4:2 encode matrix and the adaptive rematrix functions

30 could be performed together by unitary variable encode matrix hardware or, for
example, by digital signal processing. Alternatively, the adaptive rematrix 4 and the
encoder 16 may be combined. Both functions could be performed, for example, by a

unitary digital signal processing device. If this is done, however, it is preferred to
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10 degradation by transmission or storage and retrieval. (A)p and (B), may be either
(Lt)p and (Ry)p or (Ly’)p and (Ry’)p, respectively, depending on the form of the
encode rematrix.

The decoded audio signals, (A), and (B),, and the control signal are applied to
a decode adaptive rematrix 26. The decode adaptive rematrix reconstructs the two

15 channels and provides either its inputs (L;), and (Ry),, or the sum and difference of its
inputs (Ly")p + (Ry")p and (Lt’)p - (Ry)p if the control signal indicates that the
alternate matrix bit is selected.

The audio signal outputs from the decode adaptive rematrix 26 are applied to
the 2:4 decode matrix 28 which provides the four audio signal outputs L’, C’, R’ and

20 S’ in accordance with Equations 3 through 6. The prime marks indicate that the four
signals representative of the original source signalé L, C, R and S are not precisely the
same due to deficiencies, such as crosstalk, inherent in 4:2:4 audio matrices and also
due to possible degradation of the two-channel signal during transmission or storage
and retrieval,

25 Decoder 22, decode adaptive rematrix 26 and 2:4 decode matrix 28 may also be
combined in ways similar to those mentioned in the description of the encoder
arrangement. In addition, the various blocks may operate in the analog domain, the
digital domain, or a combination thereof, in the same way as discussed with respect to
the corresponding elements in the encoder arrangement. Furthermore, the 2:4

30 dematrix 28 may be temporally and/or spatially separated from the decode adaptive
rematrix 26 in a similar way to the corresponding elements of the encoding
arrangement.



Llerr]'= (Lbeuoi7pd¥err]) = (L + R + 0.707C (Egn. 7)

Rlerr]'"= %L{err] - Rerr]) =Jerr](L - R + 0.707S (Egn. 8) where L
is the Left channel signal, Ris the R ght channel signal, Cis the Center
channel signal and S is the Surround charj]rgel signal. The alternate encode
matrix output given by Equations 7 and 8 i*s a 90 degree rotation of the

“standard MP encode matrix giyen by .Equati.ons and 2.,so as t,o iLsolate the C
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7a) s The low-bit rate encoder is preferably of the type described in the above cited US-PS
5,109,417 and further described in "High-Quality Audio Transform Coding at 128
kBits/s by Grant Davidson, Louis Fielder and Mike Antill, Dolby Laboratories, Inc.,
Dolby Technical Papers Publication No. $90/8873, reprinted from Proceedings of
International Acoustics, Speech, and Signal Processing, Albuquerque, N.M, April
10 1990 or in the above-cited international patent application WO 92/12607.

Alternatively, the adaptive matrix function may be contained within or forms a
functional part of other types of low-bit-rate transform coders or within a low-bit-rate
subband coder. In each instance, the adaptive matrix function preferably follows the
dividing of the audio signal into frequency components and precedes the low-bit-rate

15 encoding of the frequency components.

As in Figure 1A, four audio signal source inputs L, C, R and S representing
the Left, Center, Right and Surround sound channel inputs are applied to a 4:2 encoder
matrix 2 which produces two output signals L; and R; which are weighted sums of the
four source signals. The matrix preferably encodes the signals according to the MP

20 encode matrix equations, Equations 1 and 2. The 4:2 matrix 2 may operate either in
the analog domain or digital domain or some combination thereof.

The L; and R, outputs of encode matrix 2 are applied to respective buffers 30
and 32. In some instances, the encode matrix 2 may be widely separated temporally
and/or spatially from the buffers 30 and 32 and the subsequent blocks in Figure 3A.

25 Blocks 30 and 32 and the subsequent blocks in Figure 3A operate in the digital
domain. Thus, if the L and R; signals from encode matrix 2 are analog, they must be
converted to digital form by suitable means (not shown) prior to application to blocks
30 and 32. In the preferred embodiment, the digital form is 16- or more bit linear
PCM and the PCM input signals in the time domain are divided into blocks and

30 windowed along with buffering in blocks 30 and 32. As is well known in the art,
windowing of the time-domain blocks is required when certain transforms are

employed. [ —
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Rl err]'= k]| DPOLJUIZ[RECT] - Rlerr]) = k[err](L - R+ [err]2S) (Egn. 8a),
8 where "k"'is a constant subject to the aforenentioned constraints.

The adaptive rematrix in the decodi ng arrangenent al so takes one of two
forms or states: an identity, no change mggrix and a sum difference matrix.
The choice of the identity matrix or the alternate sumdifference matrix is

controlled by a ?ﬁgb{é@g gbgpﬁ%)ﬁﬁy:;(ygﬁ ?%éréroﬁeﬁr%{egcgiiﬂ%sfﬂ%tﬁe tgncoder
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consists of alternating Modified Discrete Cosine and Modified Discrete Sine transforms
(MDCT and MDST, respectively). The TDAC transform requires windowing of the
input sample blocks.

10 The encode adaptive rematrix 38 receives, via lines 35 and 37, the frequency
component representations of the L; and Ry signals and provides either the same
frequency components, (L;); and (Ry);, at its output or the weighted sum and difference
thereof, (L;’); = %2(L; + Ry)and (Ry’); = Y2(L; - Ry), in a manner similar to
adaptive rematrix 4 of Figure 1A. The "f" subscript indicates that the signal is a

15 frequency component representation.

The adaptive rematrix 38 applies a bit on line 42 for each block, indicating if
the identity or alternate matrix is selected. The audio information, in the form of
frequency component representations from adaptive rematrix 38 on lines 44 and 46, is
applied, respectively, to bit-rate reduction encoders 48 and 50. As mentioned above,

20 the bit-rate reduction encoders add uncorrelated noise to the audio signals
commensurate with their amplitude. The noise is ﬁncorrelated between the two
encoded channels. The outputs from encoders 48 and 50 on lines 52 and 54 are
applied along with the matrix selection indicating bit on line 42 to the multiplex and
format block 56. Block 56 multiplexes the signals input to it and formats the signals

25 for output at 58. If desired, it may also apply error correction encoding. The output
58 may be applied to a transmission channel or a storage and retrieval channel which
provides the transmitted or stored and retrieved signals to the input 60 of the decoding
arrangement of Figure 3B.

Although shown as separate blocks, the 4:2 encode matrix 2 and the elements

30 of the low-bit-rate encoder, including adaptive rematrix 38, may be combined and need
not be spatially and/or temporally separated. It may be possible to configure the 4:2
decode matrix as a functional part of the same digital processing that provides m

bit-rate encoding and adaptive rematrixing. —_ a Becn Repliced -
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Euri]aptive rematrix 78. The adaptive rematrix reconstructs the frequency components
representing the two channels and provides either its inputs [(Lp)p and [(Rp)dp

or the sum and difference of its inputs [(L;")dp + [(Ry)dp and [(L:)dp - [Re')dp if
15 the control signal indicates that the alternate matrix bit is selected.

The audio signal frequency component outputs from the adaptive rematrix 78
are applied via lines 80 and 82 to respective inverse transforms 84 and 86 to transform
the frequency components into time-domain signals. In the preferred embodiment in
which the encoding arrangement overlaps and windows blocks of buffered input

20 signals, the decoding arrangement has overlap-add and window blocks 92 and 94
receiving the outputs of the inverse transforms via lines 88 and 90. The optional
blocks 92 and 94 window, overlap and add adjacent sample blocks to cancel the
weighting effects of the encoding analysis window and the decoding synthesis window.

- Blocks 92 and 94 provide the L;’ and R,’ signals on lines 96 and 98 to the 2:4 decode

25 matrix 28 which provides the four audio signal outputs L’, C’, R’ and S’. The prime
marks indicate that the four signals representative of the original source signals L, C,
R and S are not precisely the same due to inherent shortcomings of 4:2:4 audio
matrices and also due to possible degradation of the two-channel signal during
transmission or storage and retrieval.

30 Although shown as separate blocks, the 2:4 decode matrix 28 and the elements

of the low-bit-rate decoder, including adaptive rematrix 78, may be combined and need
not be spatially and/or temporally separated. Alternatively, the 2:4 dematrix 28 may
be temporally and/or spatially separated from the elements of the low-bit-rate decoder



-9- (RT)D iDOEGKMPCHEst ance in order to indicate that the terns are decoded
representations of the signals) or an alternate output given by the

rel ati onshi ps: . L' = (L[err]")[err] +
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which incorporates the adaptive rematrix 78. In addition, it may be possible to
configure the 2:4 decode matrix as a functional part of the same digital processing that
provides the low-bit-rate decoding and adaptive rematrixing.
Figure 4 shows a modification of the encoder arrangement of Figure 3A. It

5 will be apparent to those of ordinary skill in the art that a similar modification may be
made to the decoder arrangement of Figure 3B. In transfbrm coders, including the
transform coder preferably used in the arrangement of Figure 3A, the frequency
component outputs of the transform (i.e., transform frequency coefficients) are
grouped into sets of transform coefficients or bins representing frequency bands.

10 Instead of applying all of the frequency component outputs to the same adaptive
rematrix, it is believed that improved performance may be obtained by providing an
independent adaptive rematrix for each band or, alternatively, for groups of bands.

In Figure 4, the outputs of transforms 34 and 36 are applied to separate
adaptive rematrix blocks 100, 102 and 104 for bands 0 through m. Thus, the band 0

15 output from transform 34 on line 106 is applied to one input of rematrix 100 and the
band 0 output of transform 36 is applied on line 108 to the other input of band 0
rematrix 100. In the same way, the band 1 output of transform 34 is applied via line
110 to one input of rematrix 102 while the band 1 output of transform 36 is applied to
the other input of band 1 rematrix 102. Finally, the band m output of transform 34 on

20 line 114 is applied to one input of rematrix 104 and the band m output of transform 36
on line 116 is applied to the other input of band m rematrix 104. Lines 118, 120,
122, 124, 126 and 128 aﬁply the various adaptive rematrix outputs to the appropriate
bit-rate reduction encoders 48 and 50. The lines between transforms 34, 36 and the
adaptive rematrix blocks 100, 102 and 104 and between adaptive rematrix blocks and

25 the bit-rate reduction encoders 48 and 50 may represent the application of one or more
transform coefficients to a rematrix block because band groupings may include one or
‘more coefficients. Each of the adaptive rematrices 100, 102, 104, etc. provides a
control signal output in the manner of line 6 of Figure 1A. The control signal paths

are not shown in Figure 4 in order to simplify the drawing.

s Sheet Has Been Replan.ed

Hll\l\\ EH



S = (R[errlj)())‘-f)yrﬂczT _(Egqn. 12) wher e
(L[err]~)[err] and (Rlerr]')[err] are the two alternate out put s Tesulting

from the—conbination of 4:2 MP encode matrix and the enés#hca®apBdey Replacey

; . : : . placed
Jematri tions 7 and 8. Th® subscript D i %ese
~are themmHWHEnggwf L[err]" and Rlerr]'. Under theiﬂﬂﬁﬂﬁ’ﬂﬁﬂ%’ﬁthe
“out puts of cthe a [ rematrix 26 areCfdimsrr] ' )[err] +

(L[err]')[err] - (Rerr]")[err], respectively. The alternate decode matri x
out put given by Equations 9 through 12 is a 90 degree rotation of the

_standard MP dec mix out put given by Equations 3 through 6.
The 1.0 weighting o e alternate adaptive rematri x output may be varied

so long as the conbined effect of the encode adaptive rematrix and the
decode adaptive _rematrix is substantially that of an identity matriX.

Thus, the out putl d¥PPartus:fesadaptively mmatrikipg;the audio guiput signals of & 42raudicnce

form may beg I a r1ls( : .
(B o3 LR AP sl S whih,
wher e "Kk[ erthg noise levet vadeawith signa) emplifude ldvel, adomipivhipt | oned constraints.
I f the weighted values of L, and S corresponding to L[err]' and

R C ¢ ' k
Rlerr]' in Equaledisior dsigemining whichinfithe sisealsagrong, the matrix putput sighgfs and
(RLesT )" ) L i b el eBS of ofe b ook it A sl Aot Bnd™t 1 X
decoder is e sanme as I n equatlions ro 6. us,
means for applying the matrix output signals to the coding, transmission, or

storage and retrieval if one of the matrix output signals has the smallest amplitude and

for applying the sum and difference of the matrix output signals to the coding,

transmission, or storage and retrieval if one of the sum and difference of the matrix

10 output signals has the smallest amplitude.

2. Apparatus for adaptively matrix_i__ng four audio input signals into two signals
for coding, transmission, or storage and retrieval in a system in which the noise level
varies with signal amplitude level, comprising

4:2 audio matrix means receiving said four audio input signals for providing

5 two matrix output signals, and

adaptive rematrixing means for selectively épplying the matrix output signals or

the sum and difference of the matrix output signals to the coding, transmission, or

storage and retrieval.

3. The apparatus of claim 2 wherein said adaptive rematrixing means
determines which of the signals among the matrix output signals and the surh and
difference of the matrix output signals has the smallest amplitude, and applies the
matrix output signals to the coding, transmission, or storage and retrieval if one of the

5 matrix output signals has the smallest amplitude and applies the sum and difference of
the matrix output signals to the coding, transmission, or storage and retrieval if one of

the sum and difference of the matrix output signals has the smallest amplitude.



under both pEE§IPPCTPeration the 2:4 matri X decoder desi+red-signal
conponents renmain the sane, however, undesired noi se conpopents . ar .
reduced in the manner of the exanple set forth bel ow ﬂl_l.srghe oeppBeplaced
knvention is used in connection with a |oysbit-rate encoder “m ﬂ MF :
.Signals are divided into frequency conpon€nfs and the freque _ :
are subject to Ri t-rate reduction encodi ng, the adaptive rematrix

preferably forns% $f2dapjive audio encoding{patrigy cOmpLisigge encoder and operat es
on the incom ng g 3 -y | : h : St
‘have been divi deg'?ﬁ?dcgéﬁi{etg?éﬁ\éégs g%carr%)o gldtlfg agﬁ%o%rﬁfcgfﬁé@ﬁ% Fe?‘?q%ls*‘qu e
reducti on epooviding twommattir edeadedeaudia tignalsi hptand ®,riftresponse thesdieyafd y f or ns

a part of the decoder .and, operates on frequency cqnponents prior to t.he
assenbly of the PIGENLENCYRBEYRNS BANEing the strivenantias charmeesitis of said 4:2

5 audio matrix means such that the matrix means provides as its output two signals L

and R; generally in accordance with the relationships

Ly = L + 0.707C + 0.707S, and ””lm lm ”!ll llm ” /’ I

¢ L
s *

10 Ry =R + 0.707C - 0.707S

when L; or Ry has the smallest amplitude among Ly, Ry, k(L; + Ry), and k(L; - Ry)
and provides as its output two signals L,’ and R, generally in accordance with the
relationships
15
L= k(Lt + Ry) = k(L + R + /2C), and

Ry'= k(Lg - Ry) = k(L - R + /25)

20 when k(L; + R;) or k(L; - Ry) has the smallest amplitude among L;, Ry, L’ and Ry,
where k is a constant.

5. Apparatus for use in an encoder for a signal transmission or storage and
retrieval system in which audio signals in the encoder are represented as frequency
components and the frequency components are subject to bit-rate reduction encoding,
the encoder having a noise level which varies with signal amplitude level, the encoder

5 receiving the audio output signals of a 4:2 audio signal matrix, the apparatus
adaptively 'rematrixing frequency component representations of the 4:2 matrix output
signals, comprising

means for determining which of the signals among the matrix output signals and
the sum and difference of the matrix output signals has the smallest amplitude, and

10 | means for applying the frequency component representations of the matrix

output signals to the bit-rate reduction encoding if one of the matrix output signals has



- : ' This Sh
In the prefRPEBH Eﬁﬁ'odi ment _ the | owbit-rate encoder and de ecrHaSﬁ?mﬁq’hcﬁd

ﬁ\

the type descri 9,417, which is hereby incor
by reference in “ d in the published internatl
~application WO ed July.28- 1992 entitled "Encoder/ Decoder

.. for Multidinensional Sound Fi el ds. The encoder/ decoder system of the '417

" patent Use§h@shAliph@pliude adli i Yoo {if U Req bR boim reataliohd'bPthe

-frequency

conmponents. "Prior nsf or frat 1 ‘on, e | nput audi o signals

are di vi decumnand differenbé oﬁkhe mallixt dudputrsignaisotorthe bﬁnamcmductmneem:bdmg atk. In

~such a sys
basi s such

oSS ok e e B Sl

configuration for each bl ock. I n expl ai ning the probl em addressed- by
the invention, a specific exanple is given above in which 67 dB of noise
results in the %ur Anendodsrcfonalsignat {remsniission ohetofage anp rétrisvalesystem,ithe | n

th I d.to Th

appl yi ng ¢ EeHeR sE0eRAE HEPRUbR st 5 77 i SHARORpI cbriie 7"
Llerr]" [ err] (vhéads for dividing theSmateiR cubsut Signals] mto—fré@feh]:j compoden®,err]) =
-[err] dB (i.e. zero) and ,of the four signals L[err R[erré l-‘{‘err] and
Rerr]', the smibitialg redyctionengoding racans, 8aid hirra 9°tlm|"é‘ﬁ° 19g Meags| n
selection

Sel ecting

/ vﬁ\geﬂ Rise eQ@ltﬁ ﬁﬁrvrahés Bth t%\ﬁ?ﬂ@g{uﬁg 1oyl Bddd X

erna r X as the rematri X causes Llerr]" =

[err](L[err] + Bhﬁptide)remmﬁﬁgflmehns For[dﬁdrhﬁhh%lwmch ofihersignals amosp tent

instead of L[err] and R err], respectively

the 97 dB L[err] and RT

s. gnal s ar enatonwtnuéalwalsandﬁhej s @nd slifference of Germatsix ouepus signalsrijas dies |
o 28T Ob}aﬂlﬁgt[?& ?? a};pli{y[lg flleqllenc;hc%mgpzmgtﬁs ?é’p'Pe?enﬂRS'mé hlafeld 1)

w.i| still

output signals to the coding, transmission, or storage and retrieval if one of the matrix
output signals has the smallest amplitude and for applying frequency components
representing the sum and difference of the matrix output signals to the coding,
transmission, or storage and retrieval if one of the sum and difference of the matrix

output signals has the smallest amplitude.

7. An adaptive 4:2 audio matrix and encoder for a signal transmission or
storage and retrieval system, said matrix and encoder adapted to receive four audio
input signals, comprising

4:2 matrix means receiving said four input signals for providing two matrix
output signals,

means for dividing the matrix output signals into frequency components,

bit-rate reduction encoding means, said bit-rate reduction encoding means
having a noise level which varies with signal amplitude level, and

adaptive rematrixing means for determining which of the signals among the
matrix output signals and the sum and difference of the matrix output signals has the
smallest amplitude, and for applying frequency components representing the matrix
output signals to the coding, transmission, or storage and retrieval if one of the matrix
output signals has the smallest amplitude and for applying frequency components
representing the sum and difference of the matrix output signals to the coding,



noi se, whi IBOLOE7 PEH anpl itude difference signal picks up_no noi eEmﬂrﬁe l

decode adapt'ive r i constructs (L[err]")[err] + (R &M ced
(Llerr]")[err] -'mﬁm@u@j’m]’”mﬁom(!_[err]')[err] and (R[eF |)
~resulting in two | J1saCch Wlt__f226_7 dB of noise, ou

T

..adaptive rematrix to the 2:4 decode matrix. However, in this case the noise
in each of IR sf 'eﬁﬁi&t efrfid algsﬁn e sfif'aNd dIERAESHOMNR tnatrix
-Consequentltgli,hgaﬁgn fhes‘f?aég rrl:atrlvx ecgggrt rgconstructs t he Surround
channel by oufgnttrsigmalsrhastthe smaldest agplitugle. t he 97 dB si gnal conponents will
.cancel and so will the 67 dB noi se conponents, resulting in -[err]
dB SPL (i.e., no noise or signal) fromthe Surround channel, a usef

i mpr ovenent . 8. The apparatus of any one of cldifns @f 2P & ér7? whered thid'®unbPof teN9s

matrix output signals is an amplitude weighted sum and the difference of the matrix

output signals is an amplitude weighted difference.

9. The apparatus of claim 6 or claim 7 wherein said means for dividing the
matrix output signals into frequency components includes means for dividing the
matrix output signals into time blocks and means for applying a transform to each of

said blocks to produce a set of transform frequency coefficients.

10. The apparatus of claim 9 wherein said adaptive rematrixing means operates

with respect to each time block and set of transform frequency coefficients.

11. The apparatus of claim 9 whergin said means for applying a transform also
groups transform frequency coefficients into frequency bands, and wherein said
adaptive rematrixing means operates independently with respect to each or selected

ones of frequency band grouped transform coefficients.

12. The apparatus of claim 6 or 7 wherein. said means for dividing the matrix

output signals into frequency components includes filter bank means.

13. The apparatus of claim 6 or 7 wherein said means for dividing the matrix

output signals into frequency components includes quadrature mirror filter means.

14. The apparatus of claim 2 or 7 wherein said 4:2 audio matrix means
provides two output signals in response to four input signals generally in accordance

with the relationships
5 L; =L + 0.707C + 0.707S, and

Ry = R + 0.707C - 0.707S
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Fi gure 1A iBOROITIRET onal bl ock di agram showi ng an enc t Hasy odd

enbodyi ng various aspects of the invention. Fi gur ﬁ I onal

bl ock di agram showi ng a decodi ng arrangenent enbodyi ng of
-the invention. Figure 2 is a bl oclgzgi_agram directed to the adaptive
rematrixing function and show ng the four-way controller function.

“Figure 3A i f i i ' 2 of
-an encoder @?ﬁ%ﬁ%g&iﬁﬁ@%@éﬁ%ﬂa‘g%@@? sIa g@\lﬁh%gnegrs@gﬁfé f%glgn I on #@m\}\?‘h ch
the adapti \sigratand Sii¥ the/Seirowid ¢anfeigianed wWithin or forms a functional

~part of a lowbit-rate psychoacoustically-based encoder. Figure 3B

Is a functional block diagramshow ng a preferred enbodi nent of a decoder

arrangement embogy! dfe S5RRGS of biald S B 7 SHifeih M BihRifed Rotfdh 6 said'g.71ec0de

adaptive rematriX func n1s con n-or torns a onal” part
of a | ow bidudio matrixpsigadscawiosaki adaptivy rémateidingeaeahsrprovides as itfogtputtwo i s a

functional bl ock diagram show ng a dificgation of the encoder arrangenent
of Figure 3 kmmﬁ%ﬂevﬂa&@%a@}ﬁ%%w the relationshipsi s pr ovi ded for each

frequency band or, alternatively, for groups of bands.

5 L; = L + 0.707C + 0.707S, and
R; = R + 0.707C - 0.707S

when L; or R; has the smallest amplitude among Ly, Ry, k(L; + Ry), and k(Ly - Ry)
10 and provides as its output two signals L,’ and R;’ generally in accordance with the

relationships
Ly’= k(L; + Ry = k(L + R ++/2C), and
15 Ry'= k(L; - Rp) = k(L - R + /25)

when L;’ or R’ has the smallest amplitude among L;, Ry, Ly’ and Ry’ where, L is
Left channel signal, R is the Right channel signal, C is the Center channel signal, § is

the Surround channel signal and k is a constant.

16. In a system for coding, transmission, or storage and retrieval of audio
signals received from a 4:2 audio signal encoding matrix and applied to a
complementary 2:4 audio decoding matrix, the system having a noise level which
varies with signal amplitude level, apparatus comprising
5 means for determining which of the signals among the encoding matrix output
signals and the sum and difference of the encoding matrix output signals has the
smallest amplitude,
means for applying the encoding matrix output signals to the coding,
transmission, or storage and retrieval if one of the encoding matrix output signals has
10 the smallest amplitude and f}ﬂL__MMMference of the encoding matrix

A



—_——
————

Detail ed DegsoL ppt poT of the Preferred Enbodi nments This Sheetﬂes‘wkip@cmow to

Figures 1A and | B of the draw ngs, encodi ng and deCodl
enbodyi ng vari ous aspects of the invention are shown. of

_Figures 1A and | B are tinme-donain enbodiggnts of the |nvent|on
I nvention may al so be expressed in frequéncy-donmain enbodi nents, descri bed

* bel I'n Fi d 1
e o el il o UL R efibons S Fad soa"x%va&anniéﬂhnput s are
shown appl '\%éligﬁ@d Surh: 2hdSREigRed différenoe éf O et HdaRe obitpat siphdlsihassihgnal s

_Ll[err] and whi ch are werghted suns of the four source signals. The
matri x pr efsoradlestyaneplitades §aml|~mems§fnaam)lmg@m apglying a control signal to the

- L2 coding, transmission, or storage and retrieval indicating if the encoding matrix output
5 signals or the sum and difference of the encoding matrix output signals is being applied
to the transmission or storage, and

means receiving said matrix output signals or the sum and difference of the
matrix output signals, and said control signal from the coding, transmission, or storage
and retrieval, said means recovering unaltered, for use by the complementary 2:4

10 decoding matrix, the received signals when said means for applying applied the matrix
encoder output signals to the coding, transmission, or storage and retrieval and for
recovering the sum and difference of the received signals, for use by the
complementary 2:4 decoding matrix, when the means for applying applied the sum and
difference of the matrix encoder output signals to the coding, transmission, or storage

15 and retrieval.

17. In a 4:2:4 matrix system for coding, transmission, or storage and retrieval
of four audio signals on a two-channel medium, the system having a channel noise
level which varies with signal amplitude level, apparatus comprising

4:2 audio encoding matrix means receiving said four audio signals for providing
two matrix encoded output signals,

adaptive rematrixing means for determining which of the signals among the
encoding matrix output signals and the sum and difference of the encoding matrix
output signals has the smallest amplitude, and for applying the encoding matrix output
signals to the coding, transmission, or storage and retrieval if one of the encoding
matrix output signals has the smallest amplitude and for applying the sum and
difference of the encoding matrix output signals to the coding, transmission, or storage
and retrieval if one of the sum and difference of the matrix output signals has the
smallest amplitude, said adaptive matrix means also applying a control signal to the
coding, transmission, or storage and retrieval indicating if the encoding matrix output
signals or the sum and difference of the encoding matrix output signals is being applied
to the coding, transmission, or storage and retrieval,

I
Ll



to the MP enDDIOITRETX equations, Equations 1 and 2. Th%fgzsgeepﬁ;s@eem@plg&x”

operate either in the analog donmain or digital domain or s '

thereof. If it operates wholly or partially in the digital ﬂ!ﬁl}ﬁ uﬂmmr

input and output signals may be parallel agssuggested by t h
alternatively, serially nultiplexed. The L[err] and R err] encode

“matrix output sig r plied. s ' '

-i nstances, the eng%%@e%gﬁ?tﬁ& thﬁ%,’&@%%@&é’é%@ ég(lj‘%fi ﬁ‘&nﬁ‘?%r@pﬁ%‘f}t ive
rematrix 4 t signals rlthe suif/and differencdl dfthe eacodingimatrix ottpet Signals andisaié
signals may have been MP matri x encoded gnto the SVA soundtracks of

I a
moti on pi ct ufentrelsignak from thercoding; Hagsmistionyor starage gnd petrisval, f2id AneaBsy; j x
4. The adapt| i : : ' ' : ;
mat % and a SO e ol G Spe ufierdPwnph BB pdeRhalizing Muealf Aflied
adaptive rentiermatrix encederi attput signals fo the dodipgy trinsinission, or stefege and/ reteieval x

0 R e P st bbbt Bl eh bRl
al ternate supdmiikingenédhs ri"iﬁggéed(the%uﬁpﬂ{d @iffePdnicl dF tl%‘m'airfkeerﬁzo'tl&dﬁlﬁﬁﬁteﬁ%m

§ ch
formof the rematriX iIs | Functional details of the encode
adapt i ve renta thexcodingy ¢tanstisgion} er storage @nd getrigval, ahdwn i n t he bl ock di agram

of Figure 2. The L]er apd rr]. input signpals are applied to an

o) ternate matr i SomReESy 2 aido gphiding o ety reibiingtine afted

doubl e- € hr ovireivd ightls or¥e BhiUndifefREe b1 AV GENAS for ProRidiy Four! e
wei ghted sum and weighted difference of 1ts Inputs, nanely L[err]" =

[ err] (L[ err] matri¥ eutpj) signals REpresehting-thecfout audiorsignals 4giplied }o theT@ aufdier r] and
RT i nput signaks and the Llerr]' and RT' alternate matrix output signals

are applied [BUIX Fagodingm litude conmparator 12. Conparator 12 conpares
the anplitudes,

18. The apparatus of claim 17 wherein said 4:2 audio matrix means provides

two output signals in response to four input signals generally in accordance with the
relationships

Ly =L + 0.707C + 0.707S, and

Ry = R + 0.707C - 0.707S
where, L is Left channel signal, R is the Right channel signal, C is the Center channel
signal and S is the Surround channel signal and said complementary 2:4 audio
decoding matrix means provides four output signals in response to two input signals
generally in accordance with the relationships

L'’=Ly= L + 0.707(C + 8),

R’ =Rr = R + 0.707(C - S),

C’ = (Ly + RPA2 = C + 0.707(L + R), and

S’ = (Ly-RPAN2 = S + 0.707(L - R).

—
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preferably tipOIRM? POP! i tudes, of L[err], R err], L[ermissh n R ce(rllotes

which iss small est. The signals may be frequency wei ghte \‘ Lt ude
of L[err] or Rlerr] is smallest, the conparator 12, via A S

..Switch 10 to select the identity matrix (igg., the L[err] and R err]

I nputs), else the conparator causes switch 10 to select the alternate

cmtrix (1-e 1he 4herfte afpifhd Af&mw&mhemﬁés@a iAbdhctioh lsid #IORRIG he

gidentity matrix or“the a e matrix periodic y or aperiodically. The
choice may, fsutrieneans end aid aeajtiverematrixing means\provides as its tostpus twe sigsalst he

i nput signals L[err] and Rlerr], .at regul i nterval s, and/or in accordance
with the encddiand Repgsngrally s 96%“9%“%‘8@'&@%%%%8&5@@@%&% t he adaptive
rematri x. In the preferred enbodi nent descri bed hereinafter, audio signals
are divided into blocks by an encoder and the state of the adaptive

remat 5 x i s chosen for each bl dgk= L + 0.707C + 0.707S, and
- 13-

Ry = R + 0.707C - 0.707S

when L; or Ry has the smallest amplitude among Ly, Ry, k(L; + Ry), and k(L - Ry)
10 and provides as its output two signals L;’ and Ry’ generally in accordance with a

second set of relationships
L= 1A(L; + Rp = AL + R + 4/2C), and

15 Ry'= 1(L; - R) = KL -R +/29)
when L;’ or Ry’ has the smallest amplitude among L;, R, L;’ and Ry, where L, C,
R, and S are the four audio signals received by the encoding matrix means, and
wherein the combined action of said decode adaptive rematrixing means and
20 said complementary 2:4 audio decoding matrix means provides as its output four
signals L’, C’, R’, S’ representing the four audio Signals applied to the 4:2 audio

matrix encoding means generally in accordance with the relationships

L’ = Ly
25

R’ = Rq)p

& = e @RINZ ) AR
30 ' S’ = [(Ly)o - Ry)pIN2

when the control signal indicates that the adaptive encoding matrixing encoded the L,

and R, signals in accordance with said first state of relationships, and



Referring ag@oLOlg PCQure 1A, the audio signal outputs A and B and the
control.signal on line 6 fromadaptive rematrix and controller 4 are .
dpplied to an encoder 16. Encoder 16 may be a psychoacousti cal |l y-based
Jowbit-rate transformor subband coder arpjt may be sone other type of
coder conmbined with transm ssion or storage and retrieval which generates
~uncorrel ated noi se SUr j .t ' : l4 L6k Mmeansand
which noise is un%‘%?emke%c@[éf%n&o@%hgwé %ﬁr‘#&ﬁg B%@hg]coges? 16
encodgs the ppsliidessisdnroput foaeisiBnals dLt, I, ®INSH cdpresenting therfour audio siguals
provides themat its output 18. The output may be applied to a transm ssion
channel or aappliﬁda@dheﬁcﬂoa&lﬂimx enensling. meas gage \)F(?Sg"ffiﬁ@et‘f"éﬁ tted
or stored andlrgtr'?yed signals to the input 20 of the decodi ng arrangenent
of Figure 1 grealonsips oo ot eq above, the encode matrix 2 nay operate in the
anal og or digital domain or some conbination thereof. The encode adaptive
rematrix 4 and the decode adaptive matrix of Figure 2 may al so operate in
the anal og or digital domain ol’sBridroormi(Rats on thereof. In addition, the
encoqﬁi 16 may operate in the analog or digital domain or some conbination
t heredt. Known encoders configured as a psychoacousti cal |l y-based
| ow-bit-rate transform or subb&ld=c@gdp,s @pYpate in the digital donmain and
are usually inplenmented using digital signal processing techniques. In the
digital domain, the control signal on line 6 may be a single control bit.
In Figure 1A and throughout thi QQQHQSUQ, connecti ons between bl ocks are
shown as one or nore lines nerely t d in conceptual understanding. In
practice, the actual nunber of lines may vary fromthe nunber shown. For

exarerSe, al t hough t he §' = Rye)p2
- ‘T

when the control signal indicates that the adaptive encoding matrix encoded Ly’ and
L,’ in accordance with said second state of relationships, where the subscript D

indicates decoded values of the respective signals.

20. An adaptive audio encoding and decoding matrix system for use with
signal coding, transmission, or storage and retrieval, comprising
adaptive 4:2 audio matrix means receiving four audio source signals L, C, R,
and S for providing two matrix encoded audio signals L; and Ry in response thereto
5 for application to signal coding, transmission, or storage, the output signals L; and Ry

having characteristics such that
L; =L + 0.707C + 0.707S, and
10 Ry = R + 0.707C - 0.707S

when L; or R; has the smallest amplitude among L, Ry, k(L; + Ry), and k(L; - Ry),
where k is a constant, and the output signals L; and R, having characteristics such that

15 [ This Sheet Has Been Re
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out put 18 frpOLONMEPEIr 16 is shown as a single Iine,man
encodi ng ofs the audi o signals received by the encoder ' mm\s\m
along with the control signal or control bit on line Gﬂwﬂl teoul d
~be multiplexed and transmtted in series_gg _output 18, tErn'ati“veIsy, for

exanple, three output lines may be required if the tw audi o channel s and
- the control signal-areput out in parallel. Al t hough shown as

separate bl gck eettdgggégl-ﬁeﬁ&h@ode matrix 2 and the encode adaptive rematrix 4

may be combi \ t be;sphfliatH Ry)amdi(br +tRrbaf20), @depar ated. | n
h trix and the adaptive rematrix functions could
d

practice, t
be perforne itary vari able encode matri x hardware or, for

2°2nd the ancoder 16 may be. conb st Bhrh S B oA 2 b per f or med,
for g@anple, by a unitary digital signal processing device. If this is
chize: homve{vher{ L’I osr ;’el];a%rtlrlg gmg.l?est amplitude among Ly, Ry, Ly’ and Ry’, said means for
adaptively changing the matrix encoding characteristics of said 4:2 audio matrix also
producing a control signal indicating which set of relationships define the output
signals L, Ry, L;’ and Ry’, and
25 complementary adaptive 2:4 audio matrix decoding means receiving said signals
Ly and Ry or L;’ and R;’ along with said control signal from said coding,
transmission, or storage and retrieval for providing four decoded signals L’, C’, R’

and S’ representative of said four audio source signals.

21. Apparatus for use in a signal coding, transmission, or storage and retrieval
system in which audio signals are divided into frequency components and the
frequency components are subject to bit-rate reduction encoding before application to
the coding, transmission, or storage and retrieval, and the encoded signals from the

5 coding, transmission, or storage and retrieval are subject to bit-rate reduction decoding
and the decoded frequency components are assemﬁled into representations of the audio
signals applied to the system, the system having a noise level which varies with signal
amplitude, the system receiving the two audio output signals of a 4:2 audio signal
encoding matrix and the system applying the representations of the audio signals to a

10 2:4 audio signal decoding matrix, comprising

adaptive rematrixing means receiving said frequency components for
determining which of the signals among the encoding matrix output signals and the
sum and difference of the encoding matrix output signals has the smallest amplitude,
and for applying frequency components representing the encoding matrix output signals

15 to the bit-rate reduction encoding if one of the encoding matrix output signals has the
smallest amplitude and for applying the sum and difference of the encoding matrix
output signals to the bit-rate reduction encoding if one of the sum and difference of the

matrix output signals has the smallest amplitude, said adaptive matrix means also



enpl oy the fpDEOLEIBCTHoMai n arrangenent of Figure 3A a

hereinafter’ Furthernmore, all three bl ocks, the 4:2 enco “)“ﬁmum‘\
adaptive rematrix 4 and the encoder 16 may be conbi ned. mm‘

.to performall three functions by a unitargg digital signals prockesst ng

devi ce. Referri ng now to the decoder arrangenent of Figure 1B, input

2 reC?i V'es Hﬁu&ﬂ Ral%hgllag‘k@ ir%egféalqev e annetfc’q&k%%ma gﬁ@l froma

~t ransm ssi on ann or a storage an eco er 22,

simlar to thﬁ:oﬂmgolﬂemxlﬁxt wirsigtiatheor thedum andt difference ofitie c{n&bdingnﬂat('lB)quqmt]
and, on line 24, the control signal. The subscri po‘ilﬁl ndi cated that these

are decoded signalsazs being applisdcte %Pltﬁa‘iﬁefeéuﬁtmr"@& gedMbgr adati on by

E[?Q??‘]ff'eﬂ‘]";né*’%@?%d%é‘“&'? Al meafd Kb ng Bl poli haPEE Ry |

depengi ng oncémporient fepdésehtationsohshid erctring matrix output sigials oethedsad andii o

signals, (A[err] and (B)[err], and the control nal, are ppll
degode adapt flifterencaenf &Wl%@aﬁwﬂﬂl‘t Sf}'@mr'gﬁﬁ’!trlia’@ gﬁf@ﬁ%‘ﬂt he

or 1 he- sum aRIt APERRErfy s i Bﬁ’ﬁ?“‘“ﬁ e F“"’laﬁﬁﬁw RS

(L[err]")[er nieans dpplied I}Jreqhemdyerepmsemmiomugnhé matdik eadogler binput sigpalsited drenbit-e

matrix bit is sel ected. The apdi naI outputs from t.he degode
adapt | ve r enfAte fedustion eacoding andyrecaveringfrequencie coymporieat Fepyessatatipns. af the
provijges thesﬁxﬁ%d%‘ﬂé&n@é Sﬁﬂ‘lb resHi vt sigral wﬁen te add géve emdtAx# g%&ﬁﬁ”ce
wi th Equations 3 through 6. The prine %m 1(8 I ndi cat that the Tour

applied frequency representatlons of the sum and difference of the matrix encoder

output signals to the coding, transmission, or storage and retrieval.

22. The apparatus of any one of claims 16, 17 or 21, wherein the sum of the
encoding matrix output signals is an amplitude weighted sum and the difference of the
encoding matrix output signals is an amplitude weighted difference.

23. The apparatus of claim 21 wherein the frequency components are grouped
into frequency bands, and wherein said adaptive rematrixing means and said decode
adaptive rematrixing means operate independently with respect to each or selected ones

of frequency band grouped frequency components.

24. In a system in which the noise level varies with signal amplitude level,
apparatus for adaptively rematrixing signals received from coding, transmission, or
storage and retrieval in response to a control signal also received from the coding,
transmission, or storage and retrieval for applying the adaptively rematrixed signals to

5 a 2:4 audio decoding matrix, the received signals resulting from encoding by a 4:2
audio signal encoding matrix and adaptive rematrixing of the encoding matrix output
signals such that in one state of the adaptive rematrixing the signals applied to the
coding, transmission, or storage and retrieval are the output of the encoding matrix and
in another state of the adaptive rematrixing the signals applied to the coding,

10 transmlssmn » Or storage and retrieval are the amplitude weighted sum and difference of

as Been Replaced
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signal s repr ®HRUIRGE of the original source signals L, C, R and S are not

precisely the sane due to deficiencies, such as crosstlmml(mmlW(ﬂn IH"I

4:2:4 audio matrices and also due to possible degradati® Ol ARRs [N Il 1
.two-channel signal during transm ssion or-30erage and retrieval.

Decoder 22, decode adaptive rematrix 26 and 2:4 decode matrix 28 may al so
" be conbi nedthenoutputof Ihéreh@idingomhating daidasvnirohsignal rindibatingethe rstate dbtheof t he
-encoder arrangenent. |Inh addition, the various blocks may operate in the

anal og dorai Adaptive rematgixing, ceBPESHE or a conbination thereof, in the sane

aryangenent - Fur t HEras AR rebyidig pighd (BNt SR BaRF ol Hehalf of e cer
spatial |y sepmphtudd weighted bem dad differencepdf the mateixautput sigfials fram therceding way
E 25t h % cort e%rggsr:l?iissqgn,eolresntgrgtges al?(fl rétpigvfl r}_gp g}or&%cing razﬁirg)gs?gr?arl]st representing the
output of said 4:2 encoding matrix for application to said 2:4 decoding matrix, said
means having a first state for recovering the signals unaltered from the coding,
transmission, or storage and retrieval and a second state for recovering the sum and
difference of the signals from the coding, transmission, or storage and retrieval, and
10 . means receiving said control signal from said coding, transmission, or storage
and retrieval for controlling said decode adaptive rematrixing means in response to said
control signal, such that the decode adaptive rematrixing means operates in said first
state when the matrix encoder output signals are applied to the coding, transmission, or
storage and retrieval and the decode adaptive rematrixing means operates in said
15 second state when the sum and difference of the matrix encoder output sigﬁals are

applied to the coding, transmission, or storage and retrieval.

25. In a system in which the noise level varies with signal amplitude level,
apparatus for adaptively matrix decoding signals received from coding, transmission,
or storage and retrieval in response (o a control signal also received from the coding,
transmission, or storage and retrieval, the received signals resulting from encoding of

5 four audio source signals prior to application to said coding, transmission, or storage
and retrieval by adaptive 4:2 audio signal matrix encoding such that in a second state
of the adaptive matrix the matrix outputs are the sum and difference of the outputs of
the adaptive matrix in its first state, said control signal indicating the state of the
adaptive matrix, comprising

10 decode adaptive dematrixing means receiving from said coding, transmission,

. or storage and retrieval the signals from the adaptive 4:2 audio signal encoding for
producing four audio signals representing the four audio source signals, the
dematrixing means including 2:4 matrix decoding means and means for adaptively
applying the received signals to said 2:4 matrix decoding means in a first state of

15 operation and the sum and difference of the received signals to said 2:4 matrix

decoding means in a second state of operation, and —
This Sheet Has Been Réplaced
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functi onal

Referr| ng noPOIDIFiROTe 3A, a preferred frequency- dom n_enbh
encoder. arrangenent enbodyi ng aspects of the present |rl @‘ﬂg ‘!
bl ock diagramform In this arrangenent, t
o]

.function is contained within or forns a fufcti onal part

a Iowblt-rate

psychoacoustical | y-based encoder. The lowDbit rate encoder is preferably of

R B i ey RBOAR e aéﬁafﬁﬁ%&ﬁ‘%c@ﬁ@ﬁﬂ‘ Bl o SRR
Loui s Fi el deandRelribdat dor’cdritiollingDedid dedodb atativei dematrixing means by rékpoiseitoal

Papers Publication No. S90/8873, reprinted from Proceedi ngs of
| nt er nat i onapaidegotsel; walswbdhat thﬁde‘adgﬂdapwcﬂ%%mwgg Wﬂﬁl&ﬂ@'ﬁ@ﬁéﬂ the

20" 1 501990 Oficd bl SR NP ol £LS

92/ 1

ls
[ "\?rﬁ m?@%ﬁ&?unct | on&;“!‘.ﬁgﬁwRhe

tern

cont ai ned wi sdtond staté wher tire ﬁdaptiv‘:e magix mﬂu@hsm tiey sccpmbstatef | ow-bit-rate
transformcoders or within a lowbit-rate subband coder. In each instance,

the adaptive matrix function preferably follows the dividing of the audio

signal into frequgecxnt%ogw@ﬂ{emh%gq?ghg%ges@ &%?es}wgil% Qigh%lf%ﬂ@litﬁﬂéﬁbﬁg of

t he frequency conmponents

gnal 'sdurce

inputs L, C, appazatds Sorralaptiesly rematrixing dnedf2:4 oiatrik alecoding signals decgivedofron
sound channel%(i1i uts are,applied to a 4: 2 coder matrix 2 w{n ch produces
10

two output s

signal s

transgiission, og sieFage-andrejy fa' spense 4o 2:control signalAlso sour ce

e.ncode nn;r??x%ﬁ@?]?;&@'gl ongﬁ)i %H%jags‘%%%éadiﬁzénmrl }ngédn%/‘kg%ﬁ

eithed in

10

15

20

resulting from encoding of four audio source signals prior to application to said
coding, transmission, or storage and retrieval by a 4:2 audio signal encoding matrix
and adaptive rematrixing of the encoding matrix output signals such that in one state of
the adaptive rematrixing the signals applied to the coding, transmission, or storage and
retrieval are the output of the encoding matrix and in another state of the adaptive
rematrixing the signals applied to the coder, transmission or storage are the amplitude
weighted sum and difference of the output of the encoding matrix, said control signal
indicating the state of the adaptive rematrixing, comprising

decode adaptive rematrixing means receiving said encoding matrix output
signals or the sum and difference of the encoding matrix output signals and said
control signal from the coding, transmission, or stbrage and retrieval, said means
recovering the received signals unaltered when said adaptive rematrixing means applied
the matrix encoder output signals to the coding, transmission, or storage and retrieval
and for recovering the sum and difference of the received signals when the adaptive
rematrixing means applied the sum and difference of the matrix encoder output signals
to the coding, transmission, or storage and retrieval, and

complementary 2:4 audio decoding matrix means receiving the unaltered
received signals or the sum and difference of the received signals for providing four
matrix output signals representing the four audio signals applied to the 4:2 audio
encoding matrix.

Sheet Has Been Replaced
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the anal og M@EOFY BETdi gi tal domain or sone combi natThis Sheetis Besh Replaced The
L[err].and ‘Rl err] outputs of encode nmatrix 2 are appl} t Ive
buffers 30 and 32. In sone instances, the encode matrL del y
separated tenporally and/or spatially frogpthe buffer and 32 and the
subsequent bl ocks in Figure 3A. Blocks 30 and 32 and the subsequent bl ocks
in Figure 3A opehat e,i i CH QRERHR deddtiisg sighalk ecelvedrfrdmaoding er r ]
signals from encozg'e "ﬁgéhrj'latggﬁ&laéﬂgbg{r%?og, {ak(lley rrustgbe converted to!%niglital
form by sui ttrinkmissieaer §tordgesindweiriepali inrresponsg [t & cantrelsignal plsgareet

32. In th f d enbodi ment,  the digital

PGM and t e thexpdingramgmamians or e #idistifyal e ebivall sidfaly TesfuB from 12"

and w ndOW_eq%@h vwiah&iom&tf.ﬁdtﬁmnmib%at: Kur 3dRNsburce sigmals &, GIR, amdoSin i n
ow

the art, g of the tine-domain blocks is rfe uired \M:l(ﬁn (fv%tn%{trnnx
transforns asuch éhaptheadaptive matrix encoding operates in a first state providing
16- 5 encoded audio signals L; and R; having characteristics such that

Ly = L + 0.707C + 0.707S, and

Rr = R + 0.707C - 0.7078

10
when L; or Ry had the smallest amplitude among Ly, Ry, k(Ly + Ry), and k(Ly - Ry),
where k is a constant and the adaptive matrix encoding operates in a second state
providing two matrix encoded audio signals L;’ and R;’ having characteristics such
that

15

L= KL, + Ry) = k(L + R + v2C), and
Ry’ = k(L; - Rp) = k(L - R + /28)

20 when L;’ or Ry’ had the smallest amplitude among Lp, Ry, Ly’ and R, the adaptive
audio matrix encoding also producing a control signal indicating which set of
relationships defined the output signals L; and Ry or L;’ and R;’, comprising

decode adaptive 2:4 audio matrix decoding means receiving said L and Ry or
L;’ and Ry’ signals from said coding, transmission, or storage and retrieval for

25 providing four decoded signals L’, C’, R’ and S’ representative of the corresponding
four audio source signals, the decode adaptive 2:4 audio matrix decoding means
including 2:4 matrix decoding means and means for adaptively applying the received
signals to said 2:4 matrix decoding means in a first state of operation and the sum and
difference of the received signals to said 2:4 matrix decoding means in a second state

30 of operation, and

means receiving said control signal from said coding, transmission, or storage

and retrieval for controlling said decode adaptive matrix decoding means in response to
/____4—————‘—""—'*_—.
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'The out put fpoOnott pClts 30 and 32 are applied, via lines 31 and 33, to
respect.i ve tinme-donmain to frequency-domain transforns 34 and 36 which
represent.the bl ocks of audio signals as sets of frequency conmponent. These
_functions are well known in the Iowbit-rg%e coding art and are described
in the cited '417 patent, international published application and Davi dson
et al paper. e§§1d1 o5y ¢ FaRS QEIBIREPHEOME opefiesDAMEI N
JAliasing Car%jgﬁoél‘p?})%rgﬁsllbi gﬁg&gginm st% ggvarntaer nat i ng Modi fi ?g Di screte
Cosi ne and Nhelfifstatatiwhen diecadaptive niativs émvoding(iviCtheafirst M@&Tand epesates insthey ) .
The TDAC transform requires w ndow ng of the (nput sanpl,e bl ocks.
The Thcode Haeqnd sjate tthe M"Pé@@\%&g‘,’o‘{;ﬁ‘%q 'ﬁn‘b% s@ggﬁ@?@l t he
frequency conponent representations of the L[err] and RT signals and

provi des either the same frequency conponents, (L[err])[err] and_
(Rlerr])[err], at28.tThoupparitueof tlim i whereid sidadaptivel 24 mattin deeasting
(L[err]")[err] = Jerr](L[err] + ery nrl,apd LGRerr]'dlerr]. = .

[ err] (L[ er r MeansypLpyides as, ity O?tﬂ“'atlshﬁﬁlﬂggﬁjﬁ rrh gﬁ %é%ﬂ?ﬁ%‘?%‘% tj‘%kﬁ‘frﬁ“@l‘h of
Figure 1A idf o | P4 -2 JAdi i Bkt ' il danB& WAMCH
conponent re%q‘é‘ssead’@??@?fﬁmﬂ'z dagb%@cli%pt [ v}elnggﬁgét}%l 3§ccg§)pl les a biet on
line 42 for relatibnshipsck, indicating if the identity or alternate matrix is
selected. The audio information, in the formof frequency conponent
representations fromadaptive rematrix 38 on-lines 44 and 46, is applied,

respectively, to bit-rate reduct ;o%re_._nioqeﬁ.sm qng),50. As nentioned above,

the bit-rate reducti on encoders add uncorrel ated noi’se to the audi o signals
This Sheet Has Been Replaced

WA = - == s 0mc-s,

10 C = (L; + RPA2 = C + 0.707(L + R), and

§' = (Ly- RYN2 = § + 0.707(L - R).

29, The apparatus according to any one of claims 25, 26 or 27 wherein the
sum of the received signals is an amplitude weighted sum and the difference of the

received signals is an amplitude weighted difference.

30. In a system in which the noise level varies with signal amplitude level,
apparatus for use in a decoder complementary to an encoder in which audio signals are
divided into frequency components and the frequency components are subject to bit-
rate reduction encoding, the decoder receiving the output of the encoder via

5 transmission or storage and retrieval, wherein the decoder bit-rate-reduction decodes

and assembles decoded frequency components into representations of the audio signals
applied to the encoder, the encoder receiving the two audio output signals of a 4:2
audio signal encoding matrix and the decoder applying decoded representations of the
audio signals to a 2:4 audio signal decoding matrix, the encoder adaptively rematrixing

10 frequency component representations of the 4:2 encoding matrix output signals such
that in one state of the adaptive rematrixing the signals applied to the bit-rate reduction
for transmission or storage are frequency components representations of the output of

g
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54 are applied along with the matrix selection indic ne 42 to
LAhe multiplex and format block 56. Bl ock_ erultlple I nput
to it and formats the signals for output If desired, it may al so

Lot SR SR BaR R B Rt Qeﬁa%?%ﬁfhséep%%a%ﬁ@pﬁm?ﬁ ¢ ot amlict

transnitted ighé bittrad remsbtkﬁteﬁb&ﬂﬁgdf& ﬁih%hﬁssidh 6"ofaBe e fréqatincy Romposadi ng

arrangenment of Figure 3B. hough shown as Separaté bl ocks t he
4:2 encode rmepresentations @f tthe: sush @and wifferende Qﬂﬂ;elouwubpf theensoding sutrix, said

andl or t erpdRaPYF waRRhe pibatbpe RponE! SaU Pl B 3 of e iB0R98" Y
decodg mat rirgmaGixing, Woaiprisig part of the same digital processing that

provi des the | ow it-rate encodi ng and adaptive rematriXxin
decode adaptive rematrixing means receiving from the decoder bit-rate

commensur at eDOLON Pl r anplitude. The noise is uncayr. ngk &l t he
two encoded:*channels. The outputs from encoders 48 a mm\“ 52 and
I
X

reduction decoded frequency component representations of said 4:2 encoder matrix
output signals unaltered or the sum and difference thereof for producing frequency
components which are assembled by the decoder into representations of the audio

10 signals applied to the encoder by the 4:2 encoding matrix, the decode adaptive
rematrixing means having a first state with characteristics substantially the same as the
first state of the adaptive matrix encoding and a second state with characteristics
substantially the same as the second state of the adaptive matrix encoding, and

means receiving said control signal from said transmission or storage and

15 retrieval for controlling said decode adaptive rematrixing means in response to said
control signal, such that the decode adaptive rematrixing means operates in said first
state when the matrix encoder output signals are applied to the transmission or storage
and retrieval and the decode adaptive rematrixing means operates in said second state
when the sum and difference of the matrix encoder output signals are apphed to the

20 transmission or storage and retrieval.

31. The apparatus of claim 24 or claim 30 wherein the sum of the matrix
encoder output signals is an amplitude weighted sum and the difference of the matrix
encoder output signals is an amplitude weighted difference.

32. The apparatus of claim 30 wherein the frequency components are grouped
into frequency bands, and wherein said decode adaptive rematrixing means operates
independently with respect to each or selected ones of frequency band grouped
frequency components.

33. A method for adaptively rematrixing the audio output signals of a 4:2
audio signal matrix for coding, transmission, or storage and retrieval in a system in

which the noise level varies with signal amplitude level, comprising

* . C L L] 5 *




17- D 6?7?@39 now to the decoder arrangenent nisSEe H*SEB
60 recei ves. the encoded audi o signals and the matrix se |ng

bit froma transm ssion channel or a storage and retrle bIock
_62 processes the received signals by de-pgétiplexing an e- ornattlng t hem
“in order to provide the two bit-rate reduted audio signals on lines 64 and

¥ 66 to th ective bit-rate reductio decod 8 an I X
.sel egt i oﬁ Ezgﬁ!tor oldetgraning gvig (i!ﬂfg'?‘??‘gnla "t‘?fé“ge xé’r“&’a\'ié@ﬁ@ﬁ "S‘gﬁpﬁs'ﬁ
error corr %&@f&gf &?ﬁﬂﬂﬁ[@%ﬁgn‘%‘: gﬁ. R1s a8 YheélGifialldsCampIugey ar e error

correction onent out puts from decoders 68 and
70 on lines 74 ampplﬁng theapateixi ontput signals toubqaeedmg,otmtsgummrstqsggean

encodel decodeisvaCiegs of the mairy, aaionsEmLs P i fuslibsy i i P dpotyine

control si gnfd sdthGndRifeRfcd 6f eandlfis Gutpul Gigkls\to m@mmg,XtrﬁﬁmlsIEm aapti ve
rematTix reconstructs the frequency components representlng

L wo
channel s anditqrage antbeeteiévah éf one of thesumsand differanpe pé the matiix 0“‘?“‘ signals has
[(Rlerr])[er sum and difference of its inputs
[(L[err]')[éﬁHg'[‘@ﬁ?%ﬁf“@P Y][err] and [(L[err]")[err]][err] -
[(Rlerr]*)][err] if the control signal indicates that the alternate matrix
bit is selected. The audi o signal frequency conponent outputs, from

the adaptive rened4.i Themeshas ofplaine3d3 wherein thesswp of the @Eﬁi’boﬁlﬂﬁbﬂ&‘iqh?/@ an

i o comai v et i, bRt e ATEBAER b e A S SRR ah el

arrangenent piglifeddifféreaceM ndows bl ocks of buffered |nput

35. In a system for coding, transmission, or storage and retrieval of audio
signals received from a 4:2 audio signal encoding matrix and applied to a
complementary 2:4 audio decoding matrix, the system having a noise level which
varies with signal amplitude level, a method comprising
5 determining which of the signals among the encoding matrix output signals and
the sum and difference of the encoding matrix output signals has the smallest
amplitude,
applying the encoding matrix output signals to the coding, transmission, or
storage and retrieval if one of the encoding matrix output signals has the smallest
10 amplitude and applying the sum and difference of the encoding matrix output signals to
the coding, transmission, or storage and retrieval if one of the sum and difference of
the encoding matrix output signals has the smallest amplitude, and also applying a
control signal to the coding, transmission, or storage and retrieval indicating if the
encoding matrix output signals or the sum and difference of the encoding matrix output
15 ~ signals is being applied to the transmission or storage, and
receiving said matrix output signals or the sum and difference of the matrix
output signals, and said control signal from the coding, transmission, or storage and
retrieval, and recovering unaltered, for use by the complementary 2:4 decoding matrix,
the received signals when the matrix encoder output signals are applied to the coding,
20 transmission, or storage and retrieval and recovering the sum and difference of the

received signals, for use by the complementary 2:4 decoding matrix, when the sum

N 0 im



signal s, the pisi@ei poTarr angement has over| ap-add and idsiewahekspRcdand

94 receiving the outputs of the inverse transforns via |j . The
optional blocks 92 and 94 wi ndow, overlap and add adj acHlllﬁE‘IMlﬂmﬁiﬂst to
cancel the weighting effects of the encodi anal ysi s w

‘decodi ng synthesis wi ndow. Bl ocks 92 and provide the L[err]' and Rerr]'

?signals on lines, 96 and 98 to the 2:4 decode trix 2 i gh provides the
four audio sﬁﬁigif?m"ﬁlﬂf ¢ matgx engeder, gyl sig %%?ﬂ?@e&ﬁ? &5’ &H’E‘f%at e that
the four si 9@%&%&8&6&@&6@%&&%%%& original source signals L, C, R and

S are not precisely the sa ue fo I nherent shortcomngs of 4:2:4 audio
matrices and al so due to possi bl e degradation of the two-channel signal

O o 251 80 B s e HELa B ores it e o RS
e i R b g Kl R
dematri x 28 styagelmdtretriyahin sesponsé do aspatrobsignal absoapectived froontheroedingenent s
of the Iow bit;[aﬁsrlt?itsselot?,egrogt&[age and retrieval for applying the adaptively rematrixed signals to
5 a 2:4 audio decoding matrix, the received signals resulting from encoding by a 4:2
audio signal encoding matrix and adaptive rematrixing of the encoding matrix output
signals such that in one state of the adaptive rematrixing the signals applied to the
coding, transmission, or storage and retrieval are the output of the encoding matrix and
in another state of the adaptive rematrixing the signals applied to the coding,

10 transmission, or storage and retrieval are the sum and difference of the output of the
encoding matrix, said control signal indicating the state of the adaptive rematrixing,
comprising

receiving said matrix output signals-or the sum and difference of the matrix
output signals from the coding, transmission, or storage and retrieval and producing

15 audio signals representing the output of said 4:2 encoding matrix for application to said
2:4 decoding matrix, recovering unaltered the matrix output signals from the coding,
transmission, or storage and retrieval in a first state of operation and recovering the
sum and difference of the matrix output signals from the coding, transmission, or
storage and refrieval in a second state of operation, and

20 receiving said control signal from said coding, transmission, or storage and
retrieval and controlling the state of operation in response thereto such that when the
matrix encoder output signals are applied to the coding, transmission, or storage and
retrieval, the operation is in the first state and when the sum and difference of the
matrix encoder output signals are applied to the coding, transmission, or storage énd

25 retrieval, the operation is in the second state.

37. The method of any claim 35 or claim 36 wherein the sum of the encoding
matrix output signals is an amplitude weighted sum and the difference of the encoding
matrix output signals is an amplitude weighted difference.
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- 18 - whi dbOLOtLDPPQUIr ates the adaptive rematrix 78. In addition, it may be
possible to-configure the 2:4 decode matrix as a functional part of the
sane digital processing that provides the |lowbit-rate decodi ng and
LAdaptive rematri xi ng. Figure 4 shows a nodification of the encoder
arrangenment of Figure 3A. It will be apparent to those of ordinary skill in
Sthe art that a similar nodificati t he decoder arrangenent
of Figure 3B. In transform codersng"r?f?gz?’ﬁgb?sﬁlots@r ansform coder preferably
used in the arrangenent of Figure 3A the frequency conponent outputs of
the transform (i.e., transform frequency coeffici ents) are grouped intg

sets of transfor nindosystent i whichgs law-his rate eneadesand glecodes arriss ‘B%Fﬁéfgd audio

| nst ead of

adapt  ve.r e 2 bt pedfid HEIAREY el e dis bRt 3360
by provi di ngnanxlendammdeaparaﬂamﬂustﬂateqmrcompbmentaeﬁom lmaddmes,,thereby
alternatively, &f%g r oups ,of Pands n _Fiquyre 4, the outputs of
transfornms O cgr@pamp auet gigoals ayith @ealaﬂ%m -TAle FRUing Quantization 80ise

102 d 104
34 on 1 ne. {0a2ud SRR TRl el slibiy bqtiped Viu® s Gihlty, WIEEH kradfihe’ ™
out put of t rencederrrematiix andarestorescthe 3ignalscto thS forem tdgaired byrthe npmbdrﬂedtmmd 0

rematri x 100. he, sa t he, band 1 oytput of transform 34 |s appl i ed
via line 11011%‘5&;*?@@%3&% coderzadaptive, epmapix seleets dhe, miatrix owpubsignals or the

transform 3@1n5p?1t@&0#1éi?ﬂtehc§]por mgg}l?féfencg R thePfnal BN Suthut SR, Thd MoicElopa! | Y-

t he band m out’put o rans
whether the matrix output signals or the sum and difference of the matrix output

signals are selected is based on a determination of which résults in fewer undesirable
artifacts when the output audio signals are recovered in the decoder. The adaptive
rematrix may operate on frequency component representations of signals rather than
the time-domain signals themselves.
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line 114 is applied to one input of rematrix 104 and the EQJAUrﬁfou:é;{uto of ¥ 2 5
transform 36 on line 116 is apptied to the other input of band m rpﬁiﬂgv 1993
104. Lines 118, 120, 122, 124, 126 and 128 apply the various adaptive
rematri x outputs to the appropriate bit-rate reduction encoders 48 and 50.
The lines between transforms 34, 36 and th&/adaptive rematrix bl ocks 100,
102 and 104 and between adaptive rematrix blocks and the bit-rate reduction
encoders’ 48 and 50 may represent the application of one or nore transform
coefficients to a rematri x bl ock because band groupi ngs'may include one or
more coefficients. Each of the adaptive rematrices 100, 102, 104, etc.
provi'des a control signal output in the manner of line 6 of Figure 1A. The
control signal .paths are not shown in Figure 4 in order to sinplify the

- degwi ng. 19 -
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' | us s 0. 3335
W claim - 1. Apparatus for adaptively rematri xi ngPEIé‘f_@u__diso /out put v
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-20 - 4. An adaptive audio encoding natrix, conprising 4:2
.- audio matrix means receiving four audio source-“-sfﬂgﬂabswLmQ,NR, and.S. for
provi ding two nm ncoded. _audi o signals L 1 SpBnses
thereto, and REPI rQ tively chdndi Lantodimg 4.
characteristics [of it Sl matri x megn / L vedie .matr pxzodeHns
provides as its joutp ;FLWO si7gnel g Llerr] ardrR‘T‘ gengﬁ:ht :;niéa&c@fﬂaﬁpe
with the relatidnghi 3 B 1997 -1- W Abstrakf er t pagedlar HoDpfRAC+
0.707S, and RT # R + o 707c - o 707S © “when
L[err] or RT haj the smal | est anplitude ano
RT), and k(L[er——RP—and proyvides as its

err]' ener al | in accordance with the rel ati onsh
Rerrl” ¢ A DAPTIVE R R NG 'O MATRRED AUSIY Ef‘GNAts

The invention relates to audio signal processing, and more particularly to
adaptively modifying matrixed audio signals, or their frequency component
representations, in an environment in which the noise level varies with signal
amplitude. |

Background of the Invention

Audio matrix encoding and decodin'g'?is widely used for the soundtracks of
motion picture and video recordings in order to carry 4 channels of sound on a two-
track or two-channel medium. The most commonly used system employs the "MP"

* matrix, a 4:2:4 matrix system that records four source channels of sound on two
record media channels and reproduoés four channels. Commercial systems employing
the MP matrix are known under the trademarks Dolby Stereo and Dolby Surround.

The MP 4:2 encode matrix is defined by the following relationships:

L. = L + 0.707C + 0.707S "(Bqn. 1)
Ry = R + 0.707C - 0.707S (Eqn. 2)

where L is the Left channel signal, R is the Right channel signal, C is the Ceater
channel signal and S is the Surround channel signal. Thus, the matrix encoder output
signals are weighted sums of the four source signals. L; and R, are the matrix output
signals.

The MP 2:4 decode matrix is defined by the followmg relationships:

s
s




L[;er_r]' =k(L[err] + Rerr]) = k(L + R+ [err]2C), and

. RT =k(L[err] - RT) k(L - R+ [err]2S) when k(L[err] + RT) or k(L[err] -
Rlerr]) has the smallest anplitude anmong L[err], Rerr], L[err]' and
Rlerr]", where k is a constant. .2- 5. Apparatus for use in an
encoder for a signal transm ssion or storage and retrieval systemin which
audio signals in the encodgs afe represent g f refey—conpEmI3y and
the frequency conponents are SE’tgj ect to bi8 @f@éﬁ WtSﬂEB’Encodl ng, the
encoder having a noise |evel which varies {h signal anpt) tjude | evel, the
encoder receiving the audi g,output signals|of dZF2gameyo (Si{OnasadTalri X,

t he apparatus adaptively rgﬁmT I™i ng frequency corrporagg-{ repreg%%t a?i ons of
the 4.2 matrix output signals, conprising reaRs-~Ldr [det erm ni ng

whi ch of the signals anong {,he natri tqut signals and the %g@ d
difference of the matrix o pﬁt(ﬁi"'[ghéyglihas t he smartest—ampl i t'u éfﬁand
nmeans for applying the frequency conponent-representations of the matrix

output signals to the bit-rate reduction encoding if one of the_natyix
out put signals has §' = (Lr - RPA2 (Bqn. 6)

where L' represents the decoded Left channel signal, R’ represents the decoded Right
channel signal, C’ represents the decoded Center channel signal and S* represents the
decoded Surround channei signal. Thus, the matrix decoder forms its output signals
from weighted sums of the 4:2 encoder matrix output signals Ly and Ry.

Due to the known shortcomings of a 4:2:4 matrix arrangement, the output
signals L’, C’, R’ and S’ from the decoding matrix are not exactly the same as the
corresponding four input signals to the encoding matrix. This is readily demonstrated
by substituting the weighted values of L, C,;R and S from Equations 1 and 2 into

Equations 3 through 6:
| L' =Ly = L +0.707C + §) (Bqn. 32)
‘. R’ =R; = R + 0.707(C- S) (Bqn. 40)
C' = (Ly + RON2 = C + 0707 + R) (Eqn. 5a)
§' = (Ly- RON2 = § + 0.707(L - R) (Bqn. 62)

The crosstalk components (0.707 (C + S) in the L’ signal, etc.) are not desired but are
a limitation of the basic 4:2:4 matrix technique.

Various approaches are known for improving the performance of a 2:4 decoder
matrix. One example is set forth in US-PS 4,799,260, which is hereby incorporated
herein by reference in its entirety. Such known decoder enhancement techniques are
directed to improving the channel separation and reducing the crosstalk among
channels in the decoded signals. The present invention is not directed to such



21 - the smallest anpl i tude and for applying the fmm

; representations of the sumand difference of the mat

the bit-rate reduction encoding if one of the sum and di f1f3e_,_§c‘§9?f the
matri x output signals has the smallest_ anplitude. Y B-YAn“endoder
for a signal transnission or storage ahd retrieval s
receiving the output signals of a 4:2 audlo Signal _np
means f or problemsibutyistcempatibleiwithothemy t Thtsg H desirgd, the 2:4

navi ng. a PSPEvBRigH SRLBEL BBR mayihcoriric 24 ﬂ‘““??ﬂﬁ"é’“?’?c‘?fmg’ﬁﬁg reans
adapt i ve asdestribediinghet260pateot otiothet mitsi @ﬂ%‘i‘% t%qhghl&F% AMBng the
invention will be described with simple 4:2:4 matrix equations.

Other 4:2:4 audio matrix systems are known in addition to the MP matrix,
including the *QS" and "SQ" systems which were the basis of two competing
quadraphonic sound systems introduced in the 1970°s. The invention is not limited to
use with the MP matrix.

Historically, 4:2:4 audio matrix encoding and decoding has been used mainly in
connection with two-channel, two-track or stereophonic analog recording media such as
vinyl phonograph discs, the optical soundtracks of motion picture film (i.e, "stereo
variable area" or SVA optical soundtracks), and the audio tracks of videotape
recordings and videodiscs.

More recently, 4:2:4 audio matrix encoding and decoding has also been used in
connection with two-channel digital recording media such as Compact Disks and the
digital audio tracks of videotape recordings.and videodiscs.

In the analog and digital systems just mentioned, uncorrelated channel noise
related to signal amplitude in the channel is either not produced or is so small as
generally to be trivial. However, in certain types of digital audio systems, such as
psychoacoustically-based low-bit-rate transform and subband coders, uncorrelated noise
resulting from the low-bit-rate coding qué.qtimﬁon is generated which increases with
the signal amplitude in the channel. However, listeners generally do not perceive the
noise because it is masked by louder desired signal components in the channel. The
noise is uncorrelated across or between the channels of the encoder.

When matrixed encoded signals are'applied to a low-bit-rate encoder/decoder
system and then de-matrixed, the dematrixing, under certain signal conditions,
separates the masking signal from the noise in a particular channel, thus potentially
making the noise audible in that channel. This is also a problem in other systems
which produce uncorrelated noise related to signal amplitude in the channel and the
noise is uncorrelated across or between the channels.

As one example of this problem, assume that a 100 dB SPL (sound pressure
level) signal is applied to the Center input channel of an MP matrix encoder with no
signals (0 dB SPL) applied to the Left, Right or Surround inputs. In accordance with
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uncorrelated, resulting in 67 dB SPL of noise in the Surround channel with no signal
to mask the noise.

—

This problem is most noticeable when a channel, such as the Surround channel
in this example, is listened to in isolation. However, it is still noﬁceable under some
signal conditions under normal listening conditions when there is some masking from
signals in other channels which are reproduced by other loudspeakers. Although the
problem has been illustrated with one particular example of signal conditions, it will be
apparent to those of ordinary skill in the art that unmasked noise problems will arise
under other signal conditions.

Because of the very large number of sound sources, particularly motion
pictures, having two MP matrix encoded tracks, on the one hand, and the growing use
of low-bit-rate coding systems, on the other hand, there is a pressing need to solve the
unmasked noise problem just described because it is likely that two-channel MP matrix

- encoded sound sources will be stored by or transmitted by low-bit-rate coding systems.
The solution to this problem must take into account the need to maintain compatibility
with the large population of existing MP matrix encoded sound sources and MP matrix
decoding hardware.

Although the invention will be described in connection with the MP matrix, it
will be apparent to those of ordinary skill in the art that the principles of the invention
are also applicable to other 4:2:4 audio matrix systems. In addition, although the
invention will be described in connection with low-bit-rate coding systems in which
audio signals in the encoder are divided into frequency components, it will be apparent
to those of ordinary skill in the art that the principles of the invention are also
applicable to other environments in which the uncorrelated noise related to signal



out put signals has the smallest anplitude and for applying frequency
> conmponents representing the sumand difference of the matrix out put

signals to the coding, - 22 -
transm ssion, or storage and retrieval if one of the sumand difference of
the matrix output signals has the smal kest anplitude. 8. The

apparatus of any one of claims 1, 2, 5, 6 or 7 wherein the sumof the

mat ri x ouhAfindd & tbduced In 8'thanel MM@nB&éM:%n&ld{ﬁd%ﬁbsﬁ o betweter ence of
the matrix output signals is an anplitude weighted difference.
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Summary of the Invention

In accordance with the present invention, method and apparatus for solving the
unmasked noise problém are provided. The solution maintains compatibility with
existing matrix encoded software and matrix hardware. In accordance with the present
invention the matrix is adaptively modified as may be necessary by a further matrix in
accordance with dynamic signal conditions in order to reduce the unmasked noise
problem. Preferably, this is accomplished by means of an adaptive rematrixing
apparatus or function separate from the encode and decode matrix. However, under
some circumstances, such as a dedicated encoder or decoder, the matrix may be
combined physically or functionally with the adaptive rematrixing. Such combination
may result in either of two equivalent relationships: a single variable matrix or a fixed
matrix associated with a variable matrix. The adaptive rematrixing apparatus or
function may operate in the time domain or the frequency domain.

In a preferred embodiment the adaptive rematrixing is performed as an integral
function of a low-bit-rate encoder and decoder, a 4:2 encoding matrix providing the
two input channels to the encoder and a 2:4 decoding matrix receiving the two output
channels from the decoder. _

The adaptive rematrix according to the invention rematrixes the incoming
matrixed signals from the unmodified 4:2 matrix encoder to isolate quiet components
from loud ones, thereby avoiding the corruption of quiet signals with the low-bit-rate
coding quantization noise of loud signals. The decoder is similarly equipped with a
rematrix, which tracks the encoder rematrix and restores the signals to the form
required by the unmodified 2:4 matrix decoder. As mentioned above, the 2:4 matrix
decoder may employ separation enhancement techniques, but the use or nonuse of such
techniques is unrelated to the present invention.

In its broadest aspects, the encoder adaptive rematrix éccording to the invention
comprises means for selectively applying the matrix output signals or the sum and



9. The apparatus of claim6 or claim7 wherein said nea

matri x output signals into frequency conponents incl udeg g

the matrix output signals into tinme blocks and neans fo pp?&iﬂ[@ q;{?g
ncy
[)

transformto each of said blocks to produce a set of trangformfreq
coefficients. 10. The apparat usbof claim9 whel el i saro

rematrixin ans operates wth respect to each tine bllock and set of
transform ?F@M?P%@?Wi"é'm“é?'g““m the codigg, trasmissiony 9F SOTABF ARt im0
wherein sai getfigans for applying a transformal so groups transform frequency
coefficients into frequency bands, and wherein said adaptive rematrixing
nmeans oper at es i maphaieeofi Whethgrithe matrizceutput sigaalsior dhe sum and diffesonse obf
frequency baidmsifia gt SRS bR MRt bisef Bh % determination of ShichYesiRAR' 2! U

of claim6 or 7 wherein Said neans for dividing the matrix output signals

i nto frequefewer sodesirablaatifaets whee sher outpus audigrsignalscare recovered in the degodeThe

apparat us ofryg ijelltofs five Geltififnel that Mis' &R 15 subSlandiily' dihidVed OF dfBininihg

which of the signals among the matrix output signals and the sum and difference of the
matrix output signals has the smallest amplitude, and applying the matrix output signals

to the coding, transmission or storage if one of the matrix output signals has the
smallest amplit.ude and for applying the sum and difference of the matrix output signals
to the coding, transmission or storage if one of the sum and difference of the matrix
output signals has the smallest amplitude. The sum and difference signals may be
amplitude weighted. The adaptive rematrix may operate on frequency component
representations of signals rather than the time-domain signals themselves. The
amplitude determination may be made with respect to frequency weighted signals —
for example, mid-range frequencies may be-weighted more heavily.

The terminology "frequenéy component representations” is used in this
document to refer to the output of an analog filter bank, the output of a digital filter
bank or a quadrature mirror filter, such as in digital subband coders, and to the
transform coefficients generated in digital transform coders. |

In its broadest aspects, the decoder adaptive rematrix according to the invention
includes means for recovering the received signals unaltered when the encoder adaptive
matrix applied the matrix output signals to the coding, transmission or storagé and for
recovering the sum and difference when the encoder applied the sum and difference of
the matrix output signals to the éoding, transmission or storage. The sum and .
difference signals may be amplitude weighted.

The encode adaptive rematrix takes one of two forms or states: an identity, no
change matrix and a sum/difference matrix. The choice of the identity matrix or the
alternate sum/difference matrix is accomplished dynamically by determining which of
the signals among the encode matrix output signals and the sum and difference of the
encode matrix output signals has the smallest amplitude, preferably RMS amplitude,
and applying the matrix output signals to the coding, transmission or storage if one of
the matrix output signals has the smallest amplitude and applying the sum and
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out put signals i nto frequency conmponents includes quadratiyire mrror ’rﬂ"L

means. 14. The apparatus of claim2 or 7 wher¢i s‘b&@,_u Hogud| o
matrix nmeans provides two output signals in response to four input sigpa
generally in accordance wth the rel ationships
Lr = L + 0.707C + 0.707S, and -7- Rerr] = R +

) - 23
0.707C - 0. J H‘ erence of the matrix output signals to the coding, transmission or storage if one of

the sum and difference of the matrix output signals has the smallest amplitude. A
control signal, which can be one bit of side information, is used to signal the decoder

which state of the rematrix is in use. If necessary, a time constant or hysteresis
function may be included so that small changes in relative amplitudes over some peﬁod
of time do not cause a change in state of the adaptive rematrix.

in the preferred embodiment, the identity matrix form of the encode adaptive
matrix applies L; and Ry as shown in Equations 1 and 2, while the alternate
sum/difference matrix form of the encode adaptive matrix applies a weighted sum L,’
= Y(Ly + Ry) in lieu of L; and a weighted difference Ry = Y(L; - Ry in lieu of
Ry. The controller portion of the encode adaptive matrix selects either the identity
matrix or the alternate matrix based on the amplitudes of Ly, Ry, L;’ and R;".

The combined action of a 4:2 MP encode matrix and the adaptive rematrix thus
provides either the standard MP matrix encoder outputs Ly and Ry as given by
Equations 1 and 2 or alternate outputs L;’ and R;’ given by the relationships:

L= (L, + RT) %(L + R) + 0.707C (Bqn. 7)
= %(L; - RY) = %(L - R) + 0.707S (Eqn. 8)

where L is the Left channel signal, R is the Right éhannel signal, C is the Center
channel signal and S is the Surround channel signal. The alternate encode matrix
output given by Equations 7 and 8 is a 90 degree rotation of the standard MP encode
matrix given by Equations 1 and 2 so as to isolate the C and S signal components
rather than the L and R signal components.

The 0.5 weighting shown in Equations 7 and 8 may be varied so long as the
combined effect of the encode adaptive rematrix and the decode adaptive rematrix is

substantially that of an identity matrix. Thus, equations 7 and 8 may be expressed
more generally as:

L= k(L + Ry) = k(L + R + +/2C) (Eqn. 7a)

Ry'= ki(Lr - Ry) = k(L - R + /25) (Eqn. 8a),



where, L is Left channel signal, Ris the R ght channel si
Center channel signal and S is the Surround channel signal
The apparatus of claim2 or 7 wherein the conbined action
matri x nmeans and said adaptive rematri xi_gg_ nmeans provides
signals L[err] and RT generally in accordance with the rel
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k(L + R + [ &herigeity matrix or the alternate sum/difference matrix is controlled by a control

signal or control bit received from the encoder whic_h indicates the state of the adaptive
rematrix in the encoder. The decoder adaptive rematrix reconstructs the two channels
as they were prior to adaptive rematrixing in the encoding arrangement subject to
system degradation and degradation in the transmission and storage and retrieval. If
the alternate matrix bit is set, it recovers one input as the sum of the received signals
and the other input as the difference of the received signals, otherwise it provides its
input as its output. Thus, the decode adaptive rematrix also has two states and they
track the state of the encode adaptive rematrix. Therefore, the output of the decode
adaptive rematrix is the same as if no adaptive rematrixing had been used in the
encoding arrangement.

The adaptive rematrix in the encoder and the adaptive rematrix in the decoder
function essentially in the same way at the same time. They differ from each other

only in the amplitude weighting or scaling applied to their respective output signals and

in that the encoder adaptive rematrix has a controller. Because they operate together
as part of a system, the way in which the amplitude weighting or scaling is apportioned
between the encode rematrix and the decode rematrix is arbitrary so long as the output
of the decode rematrix remains substantially unchanged as the encode and decode
rematrix track with each other in switching between their two states. The combination
of the encode rematrix and the decode rematrix is an identity matrix for both modes of

~ operation. Thus, although in the preferred embodiment disclosed the encode and

decode rematrices have amplitude sedlings of 0.5 and 1.0, these weightings may be
varied so long as the combination of the encode and decode rematrix remains
substantially an identity matrix. -1t should be noted that the L’ and R, values applied
to the four-way controller in the encode rematrix should incorporate the amplitude
scaling employed in the encode rematrix.

Taken in isolation, the combined action of the decode adaptive rematrix and the
standard 2:4 MP matrix decoder provide either the standard MP matrix decoder output
as given by Equations 3 through 6 (but replacing "L, with “(L,)," and "R;" with



Rlerr]'= k(L[err] - Rerr]) = k(L - R+ [err]2S) when L[err]' or Rerr]"
*has the small est anplitude anong L[err], Rerr], Llerr]" and Rerr]' where,
L is Left channel signal, Ris the R ght channel signal, Cis the Center
channel signal, S is the Surround chann$ signal and k is a constant.

16. In a systemfor codi ng, transm ssi om, ~or storage and retrieval of audio

signals re ve.dfrom dIOS a na 0 a
conpl enment aG{T"Z‘ thms@?eﬁ'o?# #%klma? @?gﬁm%&%&ﬁ el
whi ch var i ethe sighéilssorginedltetnan oﬁtpwglbm/w theaplatiomships: conpri si ng means
for determ ning which of the signals anbng the encoding matrix output
signals and the sum and di fference of the encoding matrix output signals
has the smal |l est anplitude, L LR RS aR-0g., he_encodi gBqrr@hri x
out put signals to the codi ng, transm ssion, or RE gy ’- VN g
of the encoding matrix output signals has the 31t s
atri x

appl yi ng the sum and di ffererige=cti’r-t)p§(§TnfD0di np 13 Fe5 10m

C’ = ()2
= Re)o2 (Bqn. 12)

where (L;’)p and (R;")p, are the two alternate outputs resulting from the combination of
4:2 MP encode matrix and the encode adaptive rematrix defined by Equations 7 and 8.
The subscript D indicates that these are the decoded values of L;’ and Ry’. Under
these conditions, the outputs of the adaptive rematrix 26 are (L"), + (Ry")p and (Ly')p
- (Ry")p, respectively. The alternate decode matrix output given by Equations 9
through 12 is a 90 degree rotation of the standard MP decode matrix output given by
Equations 3 through 6. _

The 1.0 weighting of the alternate adaptive rematrix output may be varied so
long as the combined effect of the encode adaptive rematrix and the decode adaptive
rematrix is substantially that of an ideatity matrix. Thus, the outputs of the adaptive
rematrix in its alternate sum/difference form may be expressed more generally as
ki(L:)p + (Rr)pl and k{(Ly")p ~ (Ry')p], respectively, where "k," is a constant
subject to the aforementioned constraints.

If the weighted values of L, R, C and S corresponding to L;’ and Ry’ in
Equations 7 and 8 are substituted for (L"), and (R¢")p in equations 9 through 12, the
output of the 2:4 MP matrix decoder is the same as in equations 3 through 6. Thus,
under both modes of operation the 2:4 matrix decoder desired signai components
remain the same, however, undesired noise components are reduced in the manner of
the example set forth below. |

When the invention is used in connection with a low-bit-rate encoder in which
audio signals are divided into frequency components and the frequency components are
subject to bit-rate reduction encoding, the adaptive rematrix preferably forms a part of
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difference of t hfn &g%%fgggd gtln y 1lnse:’lt, fth%r lo:;Jv?l?it-Pa%/c ;[anr::%der and decoder are of the
type described in US-PS 5,109,417, which is hereby incorporated herein by reference
in its entirety, and in the published international patent application WO 92/12607,
published July 23, 1992 entitled *Encoder/Decoder for Multidimensional Sound Fields.
The encoder/decoder system of the 417 patent uses a transform to divide the time-
domain audio signals into frequency components. Prior to the transformation, the
input audio signals are divided into time blocks and the transform then acts on each
block. In such a system, the adaptive rematrix decision is done on a block-by-block
basis such that the rematrix assumes either its identity or alternate configuration for
each block. '
In explaining the problem addressed:by the invention, a specific example is
given above in which 67 dB of noise results in the Surround channel output from the
2:4 MP decode matrix. In the example, the signal applied to the Center channel is 100
dB. Thus, applying teachings of the invention, Ly and R, are each 97 dB, Ly =
%@y + Ry =97dB and Ry = (L, - Ry = -0 dB (i.e. zero) and of the four
signals Ly, Ry, L;’ and R,’, the smallest is the difference signal (R;") which results in
selection of the alternate matrix by the adaptive rematrix.

(7))

Selecting the alternate matrix as the adaptive rematrix causes L, = B, +
Ry) and Ry’ = %(Ly - Ry) to be sent instead of Ly and Ry, respectively. Thus, the 97
dB L, and R; signals are converted to a 97 dB sum signal (L;") and a -0 dB (i.e.,
zero) difference signal (Ry"). The 97 dB sum signal (L;") will still pick up 67 dB of
noise, while the zero amplitude difference signal picks up no noise. The decode
adaptive rematrix reconstructs (L"), + (R;")p and (L;")p - (Rr")p from (L"), and
(Ry’)p, resulting in-two 97 dB signals, each with 67 dB of noise, output from the
adaptive rematrix to the 2:4 decode matrix. However, in this case the noise in each of
the signals is identical instead of being uncorrelated. Consequently, when the 2:4 MP
matrix decoder reconstructs the Surround channel by subtracting the two signals, the
97 dB signal components will cancel and so will the 67 dB noise components, resulting
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Figure 3A is a functional block diagram showing a preferred embodiment of an

~ encoder arrangement embodying aspects of the present invention in which the adaptive
rematrix function is contained within or forms a functional part of a low-bit-rate
psychoacoustically-based encoder.

Figure 3B is a functional block diagram showing a preferred embodiment of a
decoder arrangement embodying aspects of the present invention in which the decode
adaptive rematrix function is contained within or forms a functional part of a low-bit-
rate psychoacoustically-based decoder.

Figure 4 is a functional block diagram showing a modification of the encoder
arrangement of Figure 3A in which an independent adaptive rematrix is provided for
each frequency band or, alternatively, for groups of bands.

Detailed Déscn‘ption of the Preferred Embodiments

Referring now to Figures 1A and 1B of the drawings, encoding and decoding
arrangements embodying various aspects of the invention are shown. The
embodiments of Figures 1A and 1B are time-domain embodiments of the invention.
The invenﬁon may also be expressed in frequency-domain embodiments, described
below. In Figure 1A, four audio signal source inputs L, C, R and S representing the
Left, Center, Right and Surround sound channel inputs are shown applied to a 4:2
encoder matrix 2 which produces two output signals L, and Ry which are weighted
sums of the four source signals. The matrix preferably encodes the signals according

]
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providing four matriX output signal s representing the four audio signals
applied to the 4The hyandRy encode matrix output signals are applied to an adaptive matrix
4. In some instances, the encode matrix 2 may be widely separated from the adaptive
rematrix 4 temporally and/or spatially. For example, the four source signals may have
been MP matrix encoded onto the SVA soundtracks of a motion picture many years
“before they are applied to the adaptive rematrix 4. The adaptive rematrix takes one of
two forms: an identity, no change matrix and a sum/difference matrix. Thus, the
outputs A and B from the adaptive rematrix 4 are either L; and Ry from the identity
matrix as shown in Equations 1 and 2 or Ly’ = %A(Ly + Ry) in lieu of Liand Ry’ =
1A(Ly - Ry in lieu of Ry from the alternate sum/difference matrix. A control signal on
line 6 indicates which form of the rematrix is in use.

" Functional details of the encode adaptive rematrix 4 including its controller are
shown in the block diagram of Figure 2. TFhe L; and R; input signals are applied to an
alternate matrix 8 and to one pair of input poles of a double-pole double-throw switch
10. The alternate matrix 8 provides as its outputs the weighted sum and weighted
difference of its inputs, namely L;> = %(L; + Ry) and R;" = %(L; - R;). The L;
and Ry input signals and the L, and R;’ alternate matrix output signals are applied to
a four-way amplitude comparator 12. Comparator 12 compares the amplitudes,
preferably the RMS amplitudes, of L, Ry, L;’ and R,’ and notes which is smallest.
The signals may be frequency weighted. If the amplitude of L, or Ry is smallest; the
comparator 12, via line 14, causes switch 10 to select the identity matrix (i.e., the L,
and R, inputs), else the comparator causes switch 10 to select the alternate matrix (i.e,
the L’ and Ry’ inputs). The comparator 12 may choose the identity matrix or the
alternate matrix periodically or aperiodically. The choice may, for example, be made
in accordance with characteristics of the input signals L; and Ry, at regular intervals,
and/or in accordance with the encoding operations of an encoder associated with the
adaptive rematrix. In the preferred embodiment described hereinafter, audio signals

are divided into blocks by an encoder and the state of the adaptive rematrix is chosen
for each block.
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or it may be some other type of coder combined with transmission or storage and
retrieval which generates uncorrelated noise commensurate with signal amplitude in the
channel and which noise is uncorrelated between or among the channels. The encoder
16 encodes the audio signals A and B and the control signal on line 6 and provides
them at its output 18. The output may be applied to a transmission channel or a
storage and retrieval channel which provides the transmitted or stored and retrieved
signals to the input 20 of the decoding arrangement of Figure 1B.

As noted above, the encode matrix 2 may operate in the analog or digital
domain or some combination thereof. The encode adaptive rematrix 4 and the decode
adaptive matrix of Figure 2 may also operate in the analog or digital domain or some
combination thereof. In addition, the encoder 16 may operate in the analog or digital
domain or some combination thereof. Known encoders cbnﬁgured asa
psychoacoustically-based low-bit-rate transform or subband coders operate in the digital
domain and are usually implemented using. digital signal processing techniques. In the
digital domain, the control signal on line 6 may be a single control bit.

In Figure 1A and throughout this document, connections between blocks are
shown as one or more lines merely to aid in conceptual understanding. .In practice, the
actual number of lines may vary from the number shown. For example, although the
output 18 from encoder 16 is shown as a single line, the output carries an encoding of
the audio signals received by the encoder on lines A and B along with the control
signal or control bit on line 6. These outputs could be multiplexed and transmitted in
series on output 18. Alternatively, for example, three output lines may be required if
the two audio channels and the control signal are put out in parallel.

Althouéh shown as separate blocks, the 4:2 encode matrix 2 and the encode
adaptive rematrix 4 may be combined and need not be spatially and/or temporally
separated. In practice, the 4:2 encode matrix and the adaptive rematrix functions
could be performed together by unitary variable encode matrix hardware or, for
example, by digital signal processing. Alternatively, the adaptive rematrix 4 and the
encoder 16 may be combined. Both functions could be performed, for example, by a
unitary digital signal processing device. If this is done, however, it is preferred to
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Furthermore, all three blocks, the 4:2 encode matrix 2, the adaptive rematrix 4 and the
encoder 16 may be comtiined. It may be possible to perfdrm all three functions by a
unitary digital signal processing device.
Referring now to the decoder arrangement of Figure 1B, input 20 receives the
encoded audio signals A and B and the control signal from a transmission channel or a
storage and retrieval channel. A decoder 22, similar to the encoder 16, provides audio
output signals (A), and (B), and, on line 24, the control signal. The subscripts
indicated that these are decoded audio signals which may have suffered some
degradation by transmission or storage and retrieval. (A), and (B), may be either

(LD and (Ry)p or (Lp")p and (R;")y, respectively, depending on the form of the
encode rematrix. '

The decoded audio signals, (A), and (B)y, and the control signal are applied to
a decode adaptive rematrix 26. The decode adaptive rematrix reconstructs the two
channels and provides either its inputs (L), and (R;),, or the sum and difference of its
inputs (L1")p + (Ry')p and (L;")p - (Ry’)p if the control signal indicates that the
alternate matrix bit is selected. _

The audio signal outputs from the decode adaptive rematrix 26 are applied to
the 2:4 decode matrix 28 which provides the four audio signal outputs L’, C’, R’ and
S’ in accordance with Equations 3 through 6. The prime marks indicate that the four
signals representative of the original source signal.r; L, C, R and S are not precisely the
same due to deficiencies, such as crosstalk, inherent in 4:2:4 audio matrices and also
due to possible degradation of the two-channel signal during transmission or storage
and retrieval. '

Decoder 22, decode adaptive rematrix 26 and 2:4 decode matrix 28 may also be
combined in ways similar to those mentioned in the description of the encoder
arrangement. In addition, the various. blocks may operate in the analog domain, the
digital domain, or a combination thereof, in the same way as discussed with respect to
the corresponding elements in the encoder arrangement. Furthermore, the 2:4
dematrix 28 may be temporally and/or spatially separated from the decode adaptive

rematrix 26 in a similar way to the corresponding elements of the encoding
arrangement.
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within or forms a functional part of a low-bit-rate psychoacoustically-based encoder.

The low-bit rate encoder is preferably of the type described in the above cited US-PS

5,109,417 and further described in "High-Quality Audio Transform Coding at 128

kBits/s by Grant Davidson, Louis Fielder and Mike Antill, Dolby Laboratories, Inc.,

Dolby Technical Papers Publication No. $90/8873, reprinted from Proceedings of

International Acoustics, Speech, and Signal Processing, Albuquerque, N.M, April

1990 or in the above-cited international patent application WO 92/12607.

Alternatively, the adaptive matrix function may be contained within or forms a
functional part of other types of low-bit-rate transform coders or within a low-bit-rate
subband coder. In each instance, the adaptive matrix function preferably follows the
dividing of the audio signal into frequency components and precedes the low-bit-rate
encoding of the frequency components.

As in Figure 1A, four-audio signal source inputs L, C, R and S representing
the Left, Center, Right and Surround sound channel inputs are applied to a 4:2 encoder
matrix 2 which produces two output sigﬁals L; and R, which are weighted sums of the
four source signals. The matrix préferably encodes the signals according to the MP
encode matrix equations, Equations 1 and 2. The 4:2 matrix 2 may operate either in
the analog domain or digital domain or some combination thereof.

The Ly and R; outputs of encode matrix 2 are applied to respective buffers 30
and 32. In some instances, the encode matrix 2 may be widely separated temporally
and/or spatially from the buffers 30 and 32 and the subsequent blocks in Figure 3A.
Blocks 30 and 32 and the subsequent blocks in Figure 3A operate in the digital
domain. Thus, if the L; and R; signals from encode matrix 2 are analog, they must be
converted to digital form by suitable means (not shown) prior to application to blocks
30 and 32. In the preferred embodiment, the digital form is 16- or more bit linear
PCM and the PCM input signals in the time domain are divided into blocks and
windowed along with buffering in blocks 30 and 32. As is well known in the art,

windowing of the time-domain blocks is required when certain transforms are
employed.
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first statekfjwd i the IGWLbRLRR codin@ art and are described in the cited *417 patent,
international published application and Davidson et al paper. In the preferred
embodiment the transform employs Time-Domain Aliasing Cancellation (TDAC) and
consists of alternating Modified Discrete Cosine and Modified Discrete Sine transforms
(MDCT and MDST, respectively). The TDAC transform requires windowing of the
input sample blocks. _

‘The encode adaptive rematrix 38 receives, via lines 35 and 37, the frequency
component representations of the L and Ry signals and provides either the same
frequency components, (L) and (Ry),, at its 6utput or the weighted sum and difference
thereof, (L"), = A(L; + Ry and (Ry’), = Y(L; - Ry) in a manaer similar to
adaptive rematrix 4 of Figure 1A. The "f" subscript indicates that the signal is a
frequency component representation. -

The adaptive rematrix 38 applies a bit on line 42 for each block, indicating if
the idenﬁty or alternate matrix is selected. The audio information, in the form of
frequency component representations from adaptive rematrix 38 on lines 44 and 46, is
applied, respectively, to bit-rate reduction encoders 48 and 50. As mentioned above,
the bit-rate reduction encoders add uncorrelated noise to the audio signals
commensurate with their amplitude. The noise is ;moorrelated-between the two
encoded channels, The outputs from encoders 48 and 50 on lines 52 and 54 are
applied along with the matrix selection indicating bit on line 42 to the multiplex and
format block 56. Block 56 multiplexes the signals input to it and formats the signals
for output at 58. If desired, it may also apply error correction encoding. The output
58 may be applied to a transmission channel or a storage and retrieval channel which
provides the transmitted or stored and retrieved signals to the input 60 of the decoding
arrangement of Figure 3B.

Although shown as separate blocks, the 4:2 encode matrix 2 and the elements
of the low-bit-rate encoder, including adaptive rematrix 38, may be combined and need

* not be spatially and/or temporally separated. It may be possible to configure the 4:2
decode matrix as a functional part of the same digital processing that prbvides the low-
bit-rate encoding and adaptive rematrixing.
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Referring now )“; ﬁ\rertieooder arrangement of Figure
encoded audio signals and the matrix selection indicating bit from a transmission
channel or a storage and retrieval channel. A block 62 processes the received signals
by de-multiplexing and de-formatting them in order to provide the two bit-rate reduced
audio signals on lines 64 and 66 to the respective bit-rate reduction decoders 68 and 70
and the matrix selection control signal on line 72. If the encoder arrangement applied
error correction encoding, block 62 also provides the appropriate error correction
decoding. The frequency component outputs from decoders 68 and 70 on lines 74 and
76, respectively, are subject to degradation by transmission or storage and retrieval
and by the bit-rate-reduction encode/decode process.'

The signals on lines 74 and 76 and the control signal are applied to the decode

adaptive rematrix 78. The adaptive rematrix reconstructs the frequency components
| representing the two channels and provides either its inputs [(Ly)dp and [(Ry)dp

or the sum and difference of its inputs [(L;")dp + [(Ry')p and [(Ly")do -~ [(Ry)dp if

the control signal indicates that the alternate matrix bit is selected.

The audio signal frequency component outputs from the adaptive rematrix 78
are applied via lines 80 and 82 to respective inverse transforms 84 and 86 to transform
the frequency components into time-domain signals. In the preferred embodiment in
which the encoding arrangement overlaps and windows blocks of buffered input
signals, the decoding arrangement has overlap-add and window blocks 92 and 94
receiving the outputs of the inverse transforms via lines 88 and 90. The optional
blocks 92 and 94 window, overlap and add adjacent simple blocks to cancel the
weighting effects of the encoding analysis window and the decoding synthesis window.
Blocks 92 and 94 provide the L;’ and Ry’ signals on lines 96 and 98 to the 2:4 decode

- matrix 28 which provides the four audio signal outputs L', C’, R’ and S§’. The prime
marks indicate that the four sighals representative of the original source signals L, C,
R and S are not precisely the same due to inherent shortcomings of 4:2:4 audio
matrices and also due to possible degradation of the two-channel signal during
transmission or storage and retrieval.

Although shown as separate blocks, the 2:4 decode matrix 18 and the elements
of the low-bit-rate decoder, including adaptive rematrix 78, may be combined and need
not be spatially and/or temporally separated. Alternatively, the 2:4 dematrix 28 may
be temporally and/or spatially separated from the elements of the low-bit-rate decoder
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will be apparent to those of ordinary skill in the art that a similar modlﬁcatlon may be
made to the decoder arrangement of Figure 3B. In transform coders, including the
transform coder preferably used in the arrangement of Figure 3A, the frequency
component outputs of the transform (i.e., transform frequency coefficients) are
grouped into sets of transform coefficients or bins representing frequency bands.
Instead of applying all of the frequency component outputs to the same adaptive
rematrix, it is believed that improved performance may be obtained by providing an
independent adaptive rematrix for each band or, altematively,' for groups of bands.

In Figure 4, the outputs of transforms 34 and 36 are applied to separate
adaptive rematrix blocks 100, 102 and 104 for bands 0 through m. Thus, the band 0
output from transform 34 on line 106 is applied to one input of rematrix 100 and the
band 0 output of transform 36 is applied on line 108 to the other input of band 0
rematrix 100. In the same way, the band 1 oﬁtput of transform 34 is applied via line
110 to one input of rematrix 102 while the band 1 output of transform 36 is applied to
the other input of band 1 rematrix 102, Finally, the band m output of transform 34 on
line 114 is applied to one input of rematrix 104 and the band m output of transform 36
on line 116 is applied to the other input of band m rematrix 104. Lines 118, 120,
122, 124, 126 and 128 apply the various adaptive rematrix outputs to the appropriate
bit-rate reduction encoders 48 and 50. The lines between transforms 34, 36 and the
adaptive rematrix blocks 100, 102 and 104 and between adaptive rematrix blocks and
the bit-rate reduction encoders 48 and 50 may represent the application of one or more
transform coefficients to a rematrix block because band groupings may include one or
more coefficients. Each of the adaptive rematrices 100, 102, 104, etc. provides a
control signal output in the manner of line 6 of Figure 1A. The control signal paths
are not shown in Figure 4 in order to simplify the drawing.
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We claim

1. Apparatus for adaptively mmﬁxing the audio output signals of a 4:2 audio
signal matrix for coding, transmission, or storage and retrieval in a system in which
the noise level varies with signal amplitude level, comprising

means for determining which of the signals among the matrix output signals and
the sum and difference of the matrix output signalsi has the smallest amplitude, and

means for applying the matrix output signals to the coding, transmission, or
storage and retrieval if one of the matrix output signals has the smallest amplitude and
for applying the sum and difference of the matrix output signals to the coding,
transmission, or storage and retrieval if one of the sum and difference of the matrix
output signals has the smallest amplitude.

2. Apparatus for adaptively matrixing four audio input signals into two signals
for coding, trahsmission, or storage and rétrieval in a system in which the noise level
varies with signal amplitude level, comprising
_ 4:2 audio matrix means receiving said four audio input signals for providing
two matrix output signals, and _

' adaptive rematrixing means for selectively épplying the matrix output signals or
the sum and difference of the matrix output signals to the coding, transmission, or
storage and retrieval.

3. The apparatus of claim 2 wherein said adaptive rematrixing means
determines which of the signals among the matrix output signals and the sum and
difference of the matrix output signals has the smallest amplitude, and applies the
matrix outpi:t signals to the coding, transmission, or storage and retrieval if one of the
matrix output signals has the smallest amplitude and applies the sum and difference of
the matrix output signals to the coding, transmission, or storage and retrieval if one of
the sum and difference of the matrix output signals has the smallest amplitude.

- [



when L[err]' or RT' has the smallest anplitude anong L[err], Rerr] L[err]’
-and Rlerr]', said neans for adaptively changing the matri x encodi ng
characteristics of said 4:2 audio matrix al so producing a control signal

i ndi cati ng which set of relationships gﬁéi_ne the output signals L[err],
Rlerr], L[err]' and Rerr]', and onpl enentary adaptive 2:4 audio
mat ri x decodi ng jrteans ,recei Vi .d si I . ] and Rlerr] or L[err]’
and RT' al ong vv|4t’ hﬂggflﬁp o5 lg%ng‘?dd&%ﬁ‘aﬁ%rﬁagglhghéodi ng, transm ssion, or
storage and r et r4:2uadio ineatrix neunsieogving Tourcmdindsmircei signalssL.) C, RCand & foand S
representative of said four | 0,,S0Ur ce . Si S.. 21. . Appar at us
for use in goglﬂ@ggwoagﬂpﬁg@&ﬁgﬂpg@%ﬁ,hﬁaﬁwpmﬁwﬁmiagem system
i n which audi o sheinalfér ataptivly tiidging the niatrbOetoding Chamctarinics oft sald ¥iR
frequency conponenis are sub{hect to hit-rate reductjon encodin e{’gre
appl i cat i orAUd makix means guch that,igmatsiy meags PrOYides, ghits, AUPHLING, %MS, nd the

encoded si gl R, fdneAIVHf abAd withahe fdistfoniips Of Storage and retrieval are..,
subj ect to bi t-Tréate rggugtlon ecodi ng andnt hg decoded fre gﬂﬂ%@l‘

are assenbled into representations of the audio signals appgl \ !

system the system having a roisg le | ri wi th sjgpal anplitude,
13 8t (oSO L T i o SFeBarT |

when L; or Ry has the smallest amplitude among Ly, Ry, k(Ly + Ry), and k(Ly - Ry)

the systemreceiving the two &udi o out a 4:2
and provides as its output two signals L;’ and R’ generally in accordance with the

relationships

1=

R, = R + 0.707C - 0.707S

L= k(Ly + R) = k(L + R + 4/2C), and
Ry'= k(L - R;) = k(L - R + /25)

when k(L; + Ry) or k(L - R;) has the smallest amplitude among Ly, Ry, L;* and Ry,
where k is a constant.

5. Apparatus for use in an encoder for a signal transmission or storage and
retrieval system in which audio signals in the encoder are represented as frequency
components and the frequency components are subject to bit-rate reduction encoding,
the encoder having a noise level which varies with signal amplitude level, the encoder
receiving the audio output signals of a 4:2 audio signal matrix, the apparatus
adaptively rematrixing frequency component representations of the 4:2 matrix output
signals, comprising _ :

means for determining which of the signals among the matrix output signals and

- the sum and difference of the matrix output signals has the smallest amplitude, and
means for applying the frequency component representations of the matrix
output signals to the bit-rate reduction encoding if one of the matrix output signals has

L Lk



encoding matri x and the system applying the representations of the audio

-signals to a 2:4 audio signal decoding matrix, conprising adaptive -

rematri xi ng nmeans receiving said frequency conponents for determ ning which
of the signals anong the encoding matrix_ output signals and the sum and
di fference of the encoding matrix out pu?lsi gnal s has the snall est

anpl i tude, and for applying frequency conponents representing the encoding
matrix out s'gﬂfﬁwgpletedqm #Pplying W%W%WWW“%W@"%PF thee

encodi Ng_ il dnditBihos e nfatf iR SulbCsiiHl tARé bUIRE rtdiiAod Bsboliflg iPPP! Y1 NG

the sum and difference of the enco g trirx output signals to

bit-rate rcmesfitsmsusnaudidiffprence ofi thegnatrin @utpubsignals bas the smallest amplitude.mat r i x
out put signals has the smallest anplitude, said adaptive matrix nmeans al so
- 29 - producing a control signal indicating if frequency conponents
representing the. An encoder for a signal transmission or storage and retrieval system, the

encoder receiving the output signals of a 4:2 audio signal matrix, comprising

means for dividing the matrix output signals into frequency components,

bit-rate reduction encoding means, said bit-rate reduction encoding means
having a noise level which varies with signal amplitude level, and

adaptive rematrixing means for determining which of the signals among the
matrix output signals and the sum and difference of the matrix output signals has the
smallest amplitude, and for applying frequency compdnents representing the matrix
output signals to the coding, transmission, or storage and retrieval if one of the matrix
output signals has the smallest amplitude and for applying frequency components
representing the sum and difference of the matrix output signals to the coding,
transmissioh, or storage and retrieval if one of the sum and difference of the matrix
output signals has the smallest amplitude. |

7. An adaptive 4:2 audio matrix and encoder for a signal transmission or
storage and retrieval system, said matrix and encoder adapted to receive four audio
input signals, comprising .

4:2 matrix means receiving said four input signals for providing two matrix
output signals, ,

means for dividing the matrix output signals into frequency components,

_ bit-rate reduction encoding means, said bit-rate reduction encoding means
having a noise level which varies with signal amplitudé level, and

adaptive rematrixing means for determining which of the signals among the
matrix output signals and the sum and difference of the matrix output signals has the
smallest amplitude, and for applying frequency c&h\ponents representing the matrix
output signals to the coding, transmission, or storage and retrieval if one of the matrix
output signals has the smallest amplitude and for applying frequency components
representing the sum and difference of the matrix output signals to the coding,

- REPLACEMENT SHEET
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encoding matri x output signals or the sumand difference of the encoding
‘matrix output signals are being applied to the bit-rate reducti on encodi ng,
and decode adaptive rematri xi ng neans receiving said control signal
and frequency conponent representationgoef said encoding matrix output
signals or the sumand difference of the encoding matrix output signals

fromthe bigansmisSiohS8t/fbias ah FéHEvVal if ohdiof RIS ahP 8iffefencd Of ilamdtfigei ved
signal s unaltered when sard adaptive rematrixi ng means applied frequency

r epr esent atQuipi signalsthias the: smatlestamplitudeout put signals to the bit- rate
reducti on encodi ng and recovering frequency conponent representations of
the sum and difference of the received signals when the adaptive

remat ri xi ng nears The appatatis efjargnone ofadaims dp2a5; 6106 70Whdréia the sam of the

I R B PR S e, o,

one of cl ai gipuk@ignaié i9an ddplitdde Weightdd différefieedf the encoding matrix out put
signals is an arrpﬁ i tude wei ghted sum and the difference of the encoding

matri x output signals is an anplitude weighted difference. 23.

The apparatus ofg.Cigt EhakatibI6r aifn b1 AT GREVNCARPRIBER!for BivRiigE BiePed 1 Nt O
frequency bands, and wherein said adaptive rematrixing nmeans and said :
decode adapmatyix ouépntsignals intorfreguencyomponentsinclydesimeansyfondividing:theect t o
each or sel fnﬁirﬁdo&ﬂﬁ%gnals into time blocks and means for applying a transform to each of

said blocks to produce a set of transform frequency coefficients.

10. The apparatus of claim 9 wherein said adaptive rematrixing means operates
* with respect to each time block and set of transform frequency coefficients.

11. The apparatus of claim 9 wherein said means for applying a transform also
groups transform frequency coefficients into frequency bands, and wherein said
“adaptive rematrixing means operates independently with respect to each or selected
ones of frequency band grouped transform coefficients.

12. The apparatus of claim 6 or 7 wherein. said means for dividing the matrix
output signals into frequency components includes filter bank means.

" 13. The apparatus of claim 6 or 7 wherein said means for dividing the matrix
output signals into frequency components includes quadrature mirror filter means.
14, The apparatus of claim 2 or 7 wherein said 4:2 audio matrix means
provides two output signals in response to four input signals generally in accordance
with- the relationships

Ly = L + 0.707C + 0.707S, and REPLACELST 4
e LALESSNT 5

Rr = R + 0.707C - 0.707S 13FEB w57
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of frequency band grouped frequency conponents. 24. In a system
in which the noise level varies with signal anplitude |evel , apparatus for
adaptively rematrixing signals received from coding, transm ssion, or
storage and retrieval in response to a coptrol signal also received from
the coding, transm ssion, or storage antretrieval for applying the

d I vel | s ' . . 2. A4-audi 0 decodi A i the received
adapt 1 vel . SARRL 1 HALOURIR Sk, i LRSI T e e R L
adapti ve r esignaliand&iscthe Shrowrdochdnmed sipaalci x out put  signals such that in

one state of the adaptive rematrixing the signals applied to the coding,
transm ssion, or storage and retrieval are the output of the encoding

matrix and in aiSi The appaas of claiif 2astaPivhaein’ BERbMmbined ActidhCofSiafiN &hS
applied to the coding, tr%gqsamssmn, or storage and retrieval are the

anpl i t ude waHYR ALK h ¥faptive-regatrixing means provides as its output two
signals Ly and Ry generally in accordance with the relationships

L; = L + 0.707C + 0.707S, and
Ry = R + 0.707C - 0.707S

when Ly or Ry has the smallest amplitude among Ly, Ry, k(L; + R;), and k(L: - Ry)

and provides as its output two signals L,’ and R," generally in accordance with the
relationships

L= k(Ly + Ry) = k(L + R + 4/2C), and
Re'= k(L - Rp) = k(L - R + /25)

when L;’ or R;’ has the smallest amplitude among Ly, Ry, Ly’ and Ry’ where, L is
Left channel signal, R is the Right channel signal, C is the Center channel signal, S is
the Surround channel signal and k is a constant.

16. In a system for coding, transmission, or storage and retrieval of audio
signals received from a 4:2 audio signal encoding matrix and applied to a '
complementary 2:4 audio decoding matrix, the system having a noise level which
varies with signal amplitude level, apparatus comprising |

means for determining which of the signals among the encoding matrix output
signals and the sum and difference of the encoding matrix output signals has the
smallest amplitude,

means for applying the encoding matrix output signals to the coding,
transmission, or storage and retrieval if one of the encoding matrix output signals has
the smallest amplitude and for_applying the sum and difference of the encoding matrix

T I
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- 30 - the output of the encoding matrix, said control signal indicating

-the state of the adaptive rematrixing, conprising decode adaptive
rematri xi ng means receiving said matrix output signals or the anplitude

wei ghted sum and difference of the matrix output signals fromthe coding,

transm ssion, or storage and retrieval-#br producing audio signals
representing the output of said 4:2 encoding matrix for application to said

2: 4 decodi regtpebsignals tosthe codingntransmission, ar storage and seteieyab if onecoftle i ng t he
i gnal nal e LSSl . rieval
ond e setoEIEHEf uin} B0 WeNEA difttheqdel EIRELARUG mitix DUP Hnd ad GE ' B
fromthe C(sch:ag@t alnpﬁm;aej said mn;soﬁbr appiyigg alsg@plw’ﬂit.gra' eontro} signal to the means
contr . Sl gna rom,sal, N nsm ssi on, . or rage
o 1ot 1 evRing . fransaSian BF Algrag 490 decsyal odicaine Jf AR SeRing M alpd 7
response t Gigimiscbrahé ki land diffeiénce of Gkt éreading Riaticompet sgialy is\beingeapplied xi ng

means operates in said first state when the matrix encoder output signals
are appl i edoﬂhﬁm“%%mﬂrﬂfﬁt?%éiﬁﬂssi on, or storage and retrieval and the

decode adapti ve SRRt bihdiCsallP AR AR ehals br S Shu? RfPBNARL 87 e L he

sum and difference o rI'x encoder “output signals are applied to the
codi ng, t r amatnix auipuh sigoals,candrsaigecantral sigeal ifropnthe coding, transmigsipn, |of stpragest em

in which the NelfGall SM& ' meiRs hedSveting undltdtoR! foR U by HidSohipléthentary 2:4
' decbding matrix, the received signals when said means for applying applied the matrix
encoder output signals to the coding, transmission, or storage and retrieval and for
recovering the sum and difference of the received signals, for use by the
complementary 2:4 decoding matrix, when the means for applying applied the sum and
difference of the matrix encoder output signals to the coding, transmission, or storage
and retrieval. '

-
2

17. In a 4:2:4 matrix system for coding, transmission, or storage and retrieval
of four audio signals on a two-channel medium, the system having a channel noise
level which varies with signal amplitude level, apparatus comprising

4:2 audio encoding matrix means receiving said four audio signals for providing
two matrix encoded output signals,

adaptive rematrixing means for determining which of the signals among the
encoding matrix output signals and the sum and difference of the encoding matrix
output signals has the smallest amplitude, and for applying the encoding matrix output
signals to the coding, transmission, or storage and retrieval if one of the encoding
matrix output signals has the smallest amplitude and for applying the sum and
difference of the encoding matrix output signals to the coding, transmission, or storage
and retrieval if one of the sum and difference of the matrix output signals has the
smallest amplitude, said adaptive matrix means also applying a control signal to the
coding, transmission, or storage and retrieval indicating if the encoding matrix output
signals or the sum and difference of the encbding matrix output signals is being applied

to' the coding, transmission, or storage and retrieval, REPL ACEMENT SHFET
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apparatus for adaptively matrix decoding signals received from codi ng,
transm ssion, or storage and retrieval in response to a control signal also
received fromthe coding, transm ssion, or storage and retrieval, the
received signals resulting fromencodi ng_of four audio source signals prior
to application to said coding, transm §$ron, or storage and retrieval by

adaptive 4:2 audj [ L matrix.encodi ng such that ip a second state of
t he adaptive mﬁ%ﬁﬂgﬂhﬁﬁemlr&ﬂ%wséa@“ﬂ%s@ encadinematlrix autput of ¢ he
out puts of sigmisooiothe swin aididifference oflike éncoding Thatfif outpat Sgirddodaidsi gnal

I ndicating th t.ate of the adaptive matrix, conprising . decode
adapti ve de‘??&ﬁpfﬂg'ﬁ’g fram the ‘?038'& {raRsgnissionyos slogagesuad fgtricyalapaidanesason, or
storage andreteVefing U rebéifed sighdd SndieRd wid s@ﬂ?ﬂfagé{\‘r’e éh%ttﬁ&ﬁg ﬂw&:{s‘i’@giied
encodi ng for producing four audio signals representing theTour auadio
source si grihif atrix encodereutpytisignalssa the coding, drangmissian,rort storageandonttrieyale ans

docod ng. et foF FRbvetfe/ne B i BiftiEnce 3 The REeed Rndls ik Beadbilveince of
the recei ventmatrixiag means appliet thesunidndi diffeleacoftbie WREME encddér GRpRREnakat e of
operation, t%rme coding, transmission, or storage and retrieval, and
' complementary 2:4 audio decoding matrix means receiving the unaltered
received signals or the sum and difference of the received signals for providing four

matrix output signals representing the four audio signals applied to the 4:2 audio
matrix encoding means.

18. The apparatus of claim 17 wherein said 4:2 audio matrix means provides

two output signals in response to four input signals generally in accordance with the
relationships '

Ly = L + 0.707C + 0.707S, and

Ry = R + 0.707C - 0.707S

wherg, L is Left channel signal, R is the Right channel signal, C is the Center channel
signal and S is the Surround channel signal and said complementary 2:4 audio

decoding matrix means provides four output signals in response to two input signals
generally in accordance with the relationships

REPLACEMENT SHEE“[
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L’=1L;= L + 0.707(C + S),

R' =Ry = R+ 0.707(C-8),

C’ = (Ly + RPA/2 = C + 0.707(L. + R), and

$' = (Ly- RYAf2 = S + 0.707(L - R).
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-"31 - means receiving said control signal from said coding,
transm ssion, or storage and retrieval for controlling said decode adaptive
dematri xi ng neans in response to said control signal, such that the decode
adaptive dematriXing neans operates imgthe first state when the adaptive
matrix encoding is in the first state and operates in the second state when
t he adaptive ra ' Iisimd 17 WREre i id 4: iolN a
system i n whi gﬁ't%%{]@v‘gﬁ%gl es é\nle‘%\‘ﬁeg?‘gir‘l\a ﬁg}%\l?ftsaxg; Iz_é\%llo,
appar at usmatyix meanstahd sdigl adsptive rematrigingrieans provides ias itd output twp sigealsi| s
received fro odi n tyansm.ssion,. or. storage and,retrieval 'in response to
a control LsF&iFgﬁ'F lyr'@chr‘Um?ﬁéiéﬁto‘?%!a PISIIPR i ssion, or st or age
and retrieval, the received signals resulting fromencodi ng of four audio
source signals prior to applicati onjg sai d di ng, transm ssion, or
storage and retrieval by a I 7 Ly D0 pg‘ﬁagﬁ (0 ng matri x and adaptive
rematri xing of the encoding matri x output signals such that in one state of
the adaptive rematrixing the signals applied to the coding, transm ssion,
or storage and retrieval ar%thﬂ'b@c 0970 encoding matrix and in
anot her state of the adaptive rematrixing the signals applied to the coder,
transm ssion or storage are the anplitude

when L; or Ry has the smallest amplitude among Ly, Ry, k(Ly + Ry), and k(Ly - Ry)

and provides as its output two signals L’ and R, generally in accordance with a

~second set of relationships
L= %(Ly + Ry = %(L + R + /2C), and

Re'= %(Ly - Rp = ¥2(L - R + /28)
when L;’ or Ry’ has the smallest amplitude among Ly, Ry, Ly’ and Ry’, where L, C,
R, and S are the four audio signals received by the encoding matrix mw,ns., and
wherein the combined action of said decode adaptive rematrixing means and
said complementary 2:4 audio decoding matrix means provides as its output four
signals L’, C’, R’, S’ representing the four audio signals applied to the 4:2 audio
- matrix encoding means generally in accordance with the relationships

L' =@y

R =Ry REPLACEMENT SHERT

13FEQ 907 |
C = (@ + R)IN2 SFEB

$* = (Lo - RolA/2

when the control signal indicates that the adaptive encoding matrixing encoded the L,
and Ry signals in accordance with said first state of relationships, and
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wei ghted sum and di fference of the output of the encoding matrix, said

. control signal indicating the state of the adaptive rematrixing, conprising
decode adaptive rematri xi ng neans receiving said encoding nmatri x out put
signals or the sumand difference of 42®-encoding matri x output signals and
said control signal fromthe coding, transm ssion, or storage and
retrieval, sai eheielnthe second\state ofjsaichadaptive2 Mcmdio patixsdegeding Meads when sai d

adaptive rematrixi.n s applJed, the,nmpiLi » t jganal s to
the codi n&ro% ﬁéﬁﬁsg’é‘@ﬂ?"“&’{) rg‘geéaﬁﬁy?e reva '&qgélé&#oar%rﬁec n\gf{e}'ri ng the
sum and dighplRdan e 2 dulid MmeEii encodiag greanssgenerily til ecanddance with theenat ri xi ng
means applied the sumand difference of the matrix encoder output signals
to the codPAYPNSMPEnsni ssion, or storage and retrieval, and

conplenmentary 2:4 audi o decoding nmatrix means receiving the unaltered
recei ved signals or the sumand difference of the received signals for
providing four matrix out plt =(lgdalt RePsesenting the four audia.signals

applied to the 4:2 audio encoding matri X. RE?LACE}‘“%ENT SHEET
R’ = (L)o - Ryl
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C = )2

L
§' = Re)2

when the control signal indicates that the adaptive encoding matrix encoded L, and
L,’ in accordance with said second state of relationships, where the subscript D
indicates decoded values of the respective signals.

20. An adaptive audio encoding and decoding matrix system for use with
signal coding, transmission, or storage and retrieval, comprising

adaptive 4:2 audio matrix means receiving four audio source signals L, C, R,
and S for providing two matrix encoded audio signals L, and Ry in response thereto
for application to signal coding, transmission, or storage, the output signals L, and R,
having characteristics such that

Ly =L + 0.707C + 0.707S, and
'Ry = R + 0.707C - 0.7078

when Ly or Ry has the smallest amplitude among Ly, Ry, k(L + Ry, and k(L - Ry),
where k is a constant, and the output signals L; and R; having characteristics such that

\\!\\\\l\\\\\}\\\l\\\\\!\\\!\\



- 32 - 27. Apparatus for adaptively matrix decoding signals
received from codi ng, transm ssion, or storage and retrieval in response to
a control signal also received fromthe coding, transm ssion,_or storage

and retrieval, the received signals resglting fromthe adapfp | "
matri x encodi ng of four audi o source §i?§nals L, C R and &?ﬁﬁm Tr@iﬂﬂ]
adaptive matrix encoding operates in a first state providing two matrix ]
encoded audio signals L[err] and R err] having characteristfids 3dFER gy
L[err] =L + 0.707C + 0. 7073, ark{L; + Ry = k(L + R + +/2C), and Rerr] =R+
0.707C - 0.707S when L[err] or RT had the smallest anplifude among
L[err], Rerr], k(L[err] + Rerr]), and k(L[err] - Rerr]) e kis a

constant and the adaptive Mg =xk@®Dc®}) BOk@pPeRaE-a§28$)N a second state
providing two matrix encoded audio signals L[err]' and R err]' having
characteristics such that '

when L, or R’ has the smallest amplitude among Ly, Ry, L;’ and Ry, said means for
adaptively changing the matrix encoding characteristics of said 4:2 audio matrix also
producing a control signal indicating which set of relationships define the output
signals L;, Ry, L’ and R;’, and

| complementary adaptive 2:4 audio matrix decoding means receiving said signals
Ly and R; or L’ and R’ along with said control signal from said coding,
transmission, or storage and retrieval for providing four decoded signals L', C’, R’
and S’ representative of said four audio source signals.

21. Apparatus for use .in a éignal coding, transmfssion, or storage and retrieval
system in which audio signals are divided into frequency components and the
frequency components are subject to bit-rate reduction encoding before application to
the coding, transmission, or storage and retrieval, and the encoded signals from the
coding, transmission, or storage and retrieval are subject to bit-rate reduction decoding
and the decoded fteqﬁency components are assembled into representations of the audio
signals applied to the system, the system having a noise level which varies with signal
amplitude, the system receiving the two audio output signals of a 4:2 audio signal
encoding matrix and the system applying the representations of the audio signals to a
2:4 audio signal decoding matrix, comprising

adapﬁve rematrixing means receiving said frequency components for
determining which of the signals among the encoding matrix output signals and the
sum and difference of the encoding matrix output signals has the smallest amplitude,
and for applying frequency componehts representing the encoding matrix output signals
to the bit-rate reduction encoding if one of the encoding matrix output signals has the
smallest amplitude and for applying the sum and difference of the encoding matrix
output signals to the bit-rate reduction encoding if one of the sum and difference of the
matrix output signals has the smallest amplitude, said adaptive matrix means also

alimr SN



L[err]'= k(L[err] + Rlerr]) =k(L + R+ [err]2C), and '

. Rerr]" = k(L[err] - Rerr]) = k(L - R+ [err]29) when L[err]' or RT
had the snall est anplitude anong L[err], Rerr], Llerr]' and Rerr]', the
adaptive audio matrix encoding al so prgoducing a control signal indicating "
whi ch set of relationships defined t he¥out put signals L[err] and RT or

L[err]" and errl', c risi — deco | : o matrix

d[ecod% ng nf c'P%%é‘PW‘ﬂg“D%‘&fﬁ‘%%f‘B% 1f f&%&"’ﬁ%‘ %&ﬁﬁ%ﬁ&é&@gaﬁgrr] ' signals

Four decoda B B O ey ot e of { e ot r 6epondi ng
u d S - ' \

f our audi 03@5337 a‘%ﬁ%@@%@‘%ﬁ%&f%ﬁ@ﬁmﬂ% a&ﬁdi o matrix decodi ng

means i ncl udi ngecddé adiiptivé YerARARiHf Meali® Ad8iving ChaidPeuntrof signal dnd fieyadngy

applying the received signals to said 2:4 matri x decoding neans,in a first
state of opempeneshrepregentations ofsaid encoding matsix-Quipit siggals s e suwaed gnal s to

s ocobifferéhe 8¢ 91t ARodihR Wanil oftpCAARSS bl e bit e ElibR BeooBliE

nmeans recel ving sal s gha coding, transm ssion,’ or
storage aszid metans mcaveringrthe cereived Isignals sinalterett whele said adaptive rematriking decodi ng
means in f i Osnasp%liw frequency representations of the matrix encoder output signals to the bit-

rate reduction encoding and recovering frequency component representations of the

sum and difference of the received signals when the adaptive rematrixing means

applied frequency representations of the sum and difference of the matrix encoder

output signals to the coding, transmission, or storage and retrieval.

22. The apparatus of any one of claims 16, 17 or 21, wherein the sum of the
encoding matrix output signals is an amplitude weighted sum and the difference of the
encoding matrix output signals is an amplitude weighted difference.

23. The apparatus of claim 21 ‘wherein the frequency components are grouped
into frequency bands, and wherein said adaptive rematrixing means and said decode
adaptive rematrixing means operate independently with respect to each or selected ones
of frequency band grouped frequency components.

24. In a system in which the noise level varies with signal amplitude level,
apparatus for adaptively rematrixing signals received from coding, transmission, or
storage and retrieval in response to a control signal also received from the coding,

. transmission, or storage and retrieval for applying the adaptively rematrixed signals to
a 2:4 audio Qecoding matrix, the received signals resulting from encoding by a 4:2
audio signal encoding matrix and adaptive rematrixing of the encoding matrix output
signals such that in one state of the adaptive rematrixing the signals applied to the
coding, transmission, or storage and retrieval are the output of the encoding matrix and
in another state of the adaptive rematrixing the signals .applied to the coding,
transmission, or storage and retrieval are the amplitude weighted sum and difference of

REPLACEMENT SHEET
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- 33 - said control signal, such that the decode adaptive matrix decodi ng
- means operates in the first state when the adaptive matrix encoding is in
the first state and operates in the second state when the adaptive nmatrix
encoding is in the second state. -30- 28. The apparatus of claim 27
wherein said adaptive 2:4 audio matri x decodi ng neans provides as its

out put f oype SatpEEIfIné encolfing rratrix Ssaid LAY Siphalifidichtingf the/staeLitithe si gnal s
applied to the 4:2 adaptive audio matrixing generally in accordance with
t he rel at iadapive;rematrixing, comprising L' = L{err] =L + 0.707(C +
S). decode adaptive rematrixing means receiving said matrix output signals or the

amplitude weighted sum and difference of the matrix output signals from the coding,

transmission, or storage and retrieval for producing audio signals representing the

output of said 4:2 encoding matrix for application to said 2:4 decoding matrix, said

means having a first state for recovering the signals unaltered from the coding,

transmission, or storage and retrieval and ai second state for recovering the sum and

difference of the signals from the coding, transmission, or storage and retrieval, and

means receiving said control signal from said coding, transmission, or storage

and retrieval for controlling said decode adaptive rematrixing means in response to said

control signal, such that the decode adaptive remalrixing means operates in said first

state when the matrix encoder output signals are applied to the coding, transmission, or

storage and retrieval and the decode adaptive rematrixing means operates in said

second state when the sum and difference of the matrix encoder output signals are

applied to the coding, transmission, or storage and retrieval.

25. In a system in which the noise level varies with signal amplitude level,
apparatus for adaptively matrix decoding signals received from coding, transmission,
or storage and retrieval in response to a control signal also received from the coding,
transmission, or storage and retrieval, the received signals resulting from encoding of

" four audio source signals prior to application to said coding, transmission, or storage
and retrieval by adaptive 4:2 audio signal matrix encoding such that in a second state

~‘of the adaptive matrix the matrix outputs are the sum and difference of the outputs of
the adaptive matrix in its first state, said control signal indicating the state of the
adaptive matrix, comprising _

decode adaptive dematrixing means receiving from said coding, transmission,
or storage and retrieval the signals from the adaptive 4:2 audio signal encoding for
producing four audio signals representing the four audio source signals, the
dematrixing means including 2:4 matrix decoding means and means for adaptively
applying the received signals to said 2:4 matrix decoding means in a first state of
operation and the sum and differénce of the received signals to said 2:4 matrix
decoding means in a second state of operation, and
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R = RT =R+ 0.707(C - 9), C = (L[err] +
Rlerr])/[err]2 = C + 0.707(L + R, and ' S
(L[err] - Rerr])/[err]2 =S + 0.707(L- R). 29. The apparatus
according to any one of clainms 25, 26aﬂr 27 wherein the sum of the received
signals is an anplitude wei ghted sum™ahd the difference of the received

signals is an anplitude wei.ghted.differenc . . I temin
whi ch the noi s@%ﬁ@?""(}% F@g cgRtrol s&"@ﬁﬁ?’“a% 9ding. ‘ﬁ“’e‘%“é‘?&“’a‘gﬁs&r us for
use in a dRs pdkdéval RiTboREBINThE Said idecaiie adaptivéaiematrirnidg mearsLidiresponggrial s alr)e
divided into frequency conponents and the frequency conponents gre subject
to bit- ‘mieomég ru %ﬁ&ﬁd@#@“a@y&d&f’%w@ Wﬂffp‘m?@“'&d{‘ % of the
encoder Vitﬁs& iSRG el aaEptive itk dacodiipdisiift tid Ristbtate\dnd ropesates e tibec oder

bit-rate-reduction decodes .
second state when the adaptive matrix encoding is in the second state.

26. In a system in which the noise level varies with signal amplitude level,
apparatus for adaptively rematrixing and 2:4 matrix decoding signals received from
coding, transmission, or storage and retrieval in response to a control signal also
received from the coding, transmission, or storage and retrieval, the received signals
resulting from encoding of four audio source signals prior to application to said
coding, transmission, or storage and retrieval by a 4:2 audio signal encoding matrix
and adaptive rematrixing of the encoding matrix output signals such that in one state of
the adaptive rematrixing the signals applied to the coding, transmission, or storage and
retrieval are the output of the encoding matrix and in another state of the adaptive
rematrixing the signals applied to the codet, transmission or storage are the amplitude
weighted sum and difference of the output of the encoding matrix, said control signal
indicating the state of the adaptive rematrixing, comprising

decode adaptive reniatrixing means receiving said encoding matrix output
signals or the sum and difference of the encoding matrix output signals and said
control signal from the coding, transmission, or storage and retrieval, said means
recovering the received signals unaltered when said adaptive rematrixing means applied
the matrix encoder output signals to the coding, transmission, or storage and retrieval
and for recovering the sum and difference of the received signals when the adaptive
rematrixing means applied the sum and difference of the matrix encoder output sfgnals
to the coding, tmnsmis#ion, or storage and retrieval, and

complementary 2:4 audio decoding matrix means receiving the unaltered
received signals or the sum and difference of the received signals for providing four

matrix output signals representing the four audio signals applied to the 4:2 audio
. encoding matrix.

\\\\\\\\\\\\}\\\\g\\\\\\,‘ o
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and assenbl es decoded frequency conponents into representations of the

., audio signals applied to the encoder, the encoder receiving the two audio
out put signals of a 4:2 audio signal encoding natri x and the decoder
appl yi ng decoded representations of t132- audio signals to a 2:4 audio
signal decoding matrix, the encoder adaptively rematrixing frequency
conponent r epra2¥ eAppdratas foraidaptivel ! matrixndecading) signals irsceived ftam eodidgal s such

that in one staje of the adapti.ve.cenatrixin S} gggi"' t he
bit-rate {raNSHUSSIOH,Or F@W@H&W&%ﬁ%@&g&é&ggeﬁ%gﬁ%ncy %&(;gtp?g{r)lent s
repr esent @eicalihg Ofrarishiissival, BF stofige and retrieval, the received signals resulting from

- 34 - the encodi ng_ matrix . and ip a oft her state of, }{fﬁle aga&t’hla\é@s

remat ri xi hg adaptive augioA:Rmatrix epcad cowraudin. sqwrer signdls Ly L K@d S0 of
storage agRnfhA&INSAdAPICE MARDEE Ol PR ¥ adist stite piowidingworthatiix f er ence
of the output of the encoding matrix, said adapt|v§atmtr|X| ng producing a

control seapoded avdio signals &rwand Rethaviag chameferistics such,

L; = L + 0.707C + 0.707S, and
'Ry = R + 0.707C - 0.707S

when L; or Ry had the smallest amplitude among Ly, Ry, k(Ly + Ry), and k(L; - Ry),
where k is a constant and the adaptive matrix encoding operates in a second state

providing two matrix encoded audio signals L,’ and R,’ having characteristics such
that '

L= k(L; + Ry) = k(L + R + 42C), and
l'11-"'= k(L.--R-,) = k(L - R + +/28) |

when L;’ or R;’ had the smallest amplitude among L:, Ry, Ly’ and Ry’, the adaptive
audio matrix encoding also producing a control signal indicating which set of |
relationships defined the output signals L; and Ry or Ly’ and Ry’, comprising

decode adaptive 2:4 audio matrix decoding means receiving said Ly and Ry or
L;’ and R;’ signals from said coding, transmission, or storage and retrieval for
providing four decoded signals L’, C’, R’ and S’ representative of the corresponding
four audio source signals, the decode adaptive 2:4 audio matrix decoding means
including 2:4 matrix decoding means and means for adaptively applying the received
signals to said 2:4 matrix decoding means in a first state of operation and the sum and
difference of the received signals to said 2:4 matrix decoding means in a second state
of operation, and

means receiving said control signal from said coding, transmission, or storage
and retrieval for controlling said decode adaptive matrix decoding means in response to
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rematri xi ng, conprising decode adaptive rematri xi ng nmeans receiVving
. fromthe decoder bit-rate reduction decoded frequency conponent
representations of said 4:2 encoder matri x output signals unaltered or the
sum and difference thereof for producing frequency conponents which are
assenbl ed by the decoder into represeﬁ@ations of the audio signals applied
to the encoder the 4:2 encoding nmatrix, the de adaptive rematri xi ng

b 2
means havsajghcqntso Fisﬂalsi‘%!‘éhwtl‘%d@?ﬁ? adapve M%géﬁg@sm pperales, in sanme as
the Tirstygiepleud whet :@%ﬁ%&%ﬂﬁk lehdodER0h e AR stte A Uperatds dh theni t h

characteristics substantia the same as’ the second state of the adaptive
matri'x enseooidhgiateavhen the adaptive matrix ensediog igjinsthe gecopdstals. si gnal from sai d
transm ssion or storage and retrieval for controlling said decode adaptive
rematrixing means in response to said control signal, such that the decode
adapti ve renat28.xTheapmaates ofelaiat 2% whareprasaid adaptive 214cavdioymatrix: decoding r i x

encoder output si.gnal s. ar | by h a@Sl.SSi [ and
retrieval Wﬂgﬁeg&ﬁeo%gggﬁ'@d'%t’?k ?@Méﬁg? g@?iaﬁﬁgai d second
st at e whegighdleagplied a6 theld:2 fagigive quaib mateixingtgeheralty iraleordandepwith thegnal s are

applied to_ the transm ssion or storage and retrieval. 31. The
appar at usTe4atioashipsy 24 or clai m 30 wherein the sumof the matrix encoder

output signals is an anplitude weighted sum and the diffg T
matri x encoder output signals is an anplitude wei ghted di REEEEQEJ E}\ﬁeghEET
L"=Ly=L + 0.707(C + S), 1

13 FEB 1997

R’ = R; = R + 0.707(C - ),

C' = (L; + RPN2 = C + 0.707(L + R), and
S$' = (L - RPAR2 = S + 0.707(L - R).

29. The apparatus according to any one of claims 25, 26 or 27 wherein the
. sum of the received signals is an amplitude weighted sum and the difference of the
received signals is an amplitude weighted difference.

30. In a system in which the noise level varies with signal amplitude level,
apparatus for use in a decoder complementary to an encoder in which audio signals are
divided into frequency components and the frequency components are subject to bit-
rate reduction encoding, the decoder receiving the output of the encoder via
transmission or storage and retrieval, wherein the decoder bit-rate-reduction decodes
and assembles decoded frequency components into representations of the audio signals
applied to the encoder, the énooder receiving the two audio output signals of a 4:2
audio signal encoding matrix and the decoder applying decoded representations of the
audio signals to a 2:4 audio signal decoding matrix, the encoder adaptively rematrixing
frequency component representations of fhe 4:2 encoding matrix output signals such
that in one state of the adaptive rematrixing the signals applied to the bit-rate reduction
for transmission or storage are frequency components representations of the output of

L
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32. The apparatus of claim 30 wherein the frequency corrpor@'ﬁ}-s&@ﬁ%?o:}‘ rovg
i nto frequency bands, and wherein said decode adaptive repafrixi ng means i

o

1

operates independently with respect to each or selected opep oF3F 8q't?§ cy
band grouped frequency conponents. 33. A nethod|for adaptively |
rematrixi ng the audi o output signals-é#-a 4:2 audio signa r1x Tor

codi ng, transm ssion, or storage and retrieval in a systemin which the

noi se | evihe eneadingsmajrix-andiig aaot te ofi the adaptive rematrixing;the §ignals applied
- 35 fo the bit-rate reduction encoding for transmission or storage are frequency component

representations of the sum and difference of the output of the encodii\g matrix, said
adaptive matrixing producing a control signal indicating the state of the adaptive
rematrixing, comprising

decode adaptive rematrixing means receiving from the decoder bit-rate
reduction decoded frequency component representations of said 4:2 encoder matrix
output signals unaltered or the sum and difference thereof for producing frequency
components which are assembled by the decoder into represwﬁtions of the audio
signals applied to the encoder by the 4:2 encoding matrix, the decode adaptive
rematrixing means having a first state with characteristics substantially the same as the
first state of the adaptive matrix encoding and a second state with characteristics
substantially the same as the second state of tﬁe adaptive matrix encoding, and

means receiving said control signal from said transmission or storage and
retrieval for controlling said decode adaptive rematrixing means in response to said
control signal, such that the decode adaptive rematrixing means operates in said first
state when the matrix encoder output signals are applied to the transmission or storage
and retrieval and the decode adaptive rematrixing means operates in said second state

wl_ien the sum and difference of the matrix encoder output signals are applied to the
transmission or storage and retrieval.

31. The apparatus of claim 24 or claim 30 wherein the sum of the matrix

encoder output signals is an amplitude weighted sum and the difference of the matrix
encoder output signals is an amplitude weighted difference.

32. The apparatus of claim 30 wherein the frequency components are grouped
into frequency bands, and wherein said decode adaptive rematrixing means operates
independently with respect to each or selected ones of frequency band grouped
frequency components.

33. A method for adaptively rematrixing the audio output signals of a 4:2
audio signal matrix for coding, transmission, or storage and retrieval in a system in
which the noise level varies with signal amplitude level, comprising

I
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det erm ni ng V\Hi ch of the signals arfD'ng the matri x output. BE%C@%&H SHE:I.‘:T
*sum and; di fference of the matrix output signals has the s | est anplitudg,
and : applying the matrix output signals to the codi hg} t13Fem mi?oni

or storage and retrieval if one of the matrix output signal $ has the _
smal | est anplitude and for applying the sumand differenc «:rf--t--h1a-—ma-t'-|--|~'><~~J -
output signals to the coding, transni$§i-on,” or storage andl retrieval if one

of the sumand difference of the matrix output signals has the smalTest
anpl i t ude. determinifg whidheofithé signaloamong:the rarinjoutpyt sigaaleand the sym: he

mat ri x out WSignals.is an anpljtud [ di fference of
T e SR RAEbE e SL 0 M UL L . B
In a system f%;gﬂ?ﬂé fié. matkiR Dutpub Sightls toothe bding prammissioa] of storage aﬂq audi o
signal s .received Troma 4:2 audio signal encodin napﬁ};'{lﬂé ggora%{!l to a
conpl emn!ﬁﬂ%@!ﬁm&tﬂfltbeﬂ‘éwtﬁﬁ“g‘ﬁ ,asfl}?es & r?g notse 9 evel
whi ch varigsput i diffeftabe b inade obiBuelignats Wkt ocdiag Tsamistion, or

determ ni ng Ich of the signals anmong the encaqding natrix outpgut signals
and the sastoragecnd iretrigyal At encof t!‘hé“"@ﬁegdlffﬁjﬂ??ﬁﬂ? the 8&&"&&“‘@\‘5\5&& st he

smal | €St the smallest amplitude.

34. The method of claim 33 wherein the sum of the matrix output signals is an
amplitude weighted sum and the difference of the matrix output signals is an amplitude
weighted difference.

35. In a system for coding, transmission, or storage and retrieval of audio
_signals received from a 4:2 audio signal encoding matrix and applied to a
complementary 2:4 audio decoding matrix, the system having a noise level which
varies with signal amplitude level, a method comprising _
. determining which of the signals among the encoding matrix output signals and
the sum and difference of the encoding matrix output signals has the smallest
amplitude, _
applying the encoding matrix output sigx-nals' to the coding, transmission, or
storage and retrieval if one of the encoding matrix output signals has the smallest
ﬁmplitude and applying theé’sum and difference of the encoding matrix output signals to
the coding, transmission, or storage and retrieval if one of the sum and difference of
the encoding matrix output signals has the smallest amplitude, and also applying a
* control signal to the coding, transmission, or storage and retrieval indicating if the
encoding matrix output signals or the sum and difference of the encoding matrix output'
‘signals is being applied to the transmission or storage, and |
‘ ' receiving said matrix output signals or the sum and difference of the matrix
output signals, and said control signal from the coding, transmission, or storage and
retrieval, and recovering unaltered, for use by the complementary 2:4 decoding matrix,
‘the received signals when the matrix encoder output signals are applied to the coding,
transmission, or storage and retrieval and recovering the sum and difference of the
received signals, for use by the complementary 2:4 decoding matrix, when the sum

_—
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anpl i t ude, appl ying the encoding matri x output signals to the
"coding, transm ssion, or storage and retrieval if one o g _
matri x output signals has the smallest anplitude and apj]'l{E']E)]P‘AL@IW';F!'Ig‘U 1;1
di fference of the encoding matrix output signals to thejc
transnmission, or storage and retrieval if one of the supm 1nd17dgfff3er7gﬁce of
the encoding matrix output signals has the smallest anplifude, and al so
applying a control signal to the codi ngget-ransm ssion, ¢r storage and
retrieval indicating if the encoding matrix. output signbdls_or the sum and
difference gd dlk’féﬁﬁé&@ﬂhém EACOdELGupIt sipinghd Aks applietl @0 thg avdingj ed to the
transm ssi on or  sforage, receiving said matrix output signals
or the sum mntﬁWePéﬁ@@ESﬁ“@H@“ﬁer X output signals, and said control
signal fromthe coding, transm ssion, or storage and retri eval , and
recovering unaltered, for use by the conpl enent 2: 4 dec d|n trix,
the received sigialln agysiem; inavhigh thenoised %bmt“ﬂél signal am g@m ied to
the coding, I Ch-d’ngﬁ | the sum
and differ ence o?%‘ﬁﬁﬁ&éi‘%el Ve(@i:ﬂé@%ﬁ?@’}&?g@&lf@%dt e corr%?igirireél}?ary 2: 4
decodi ng nustorage andh eetrievab irs response to a control slgnal also received from the coding,

transmission, or storage and retrieval for applymg the adaptively rematrixed signals to
a 2:4 audio decoding matrix, the received signals resulting from encoding by a 4:2
audio signal encoding matrix and adaptive rematrixing of the encoding matrix output
signals such that in one state of the adaptive rematrixing the signals applied to the |
coding, transmission, or storage and retrieval are the output of the encoding matrix and
in another state of the adaptive rematrixing the signals applied to the coding, _
transmission, or storage and retrieval are the sum and difference of the output of the
encoding matrii, said control signal indicating the state of the adaptive rematrixing,
oompnsing |

receiving said matrix output signals-or the sum and difference of the matrix
output signals from the coding, transmission, or storage and retrieval and producing
audio signals representing the output of said 4:2 encoding matrix for application to_said
2:4 decoding matrix, recovering unaltered the matrix output signals from the coding,
transmission, or storage and retrieval in a first state of operation and recovering the
sum and difference of the matrix output sxgnals from the coding, transmxssmn, or
storage and retrieval in a second state of operation, and

receiving said control signal from said coding, transmission, or storage and
retrieval and controlling the state of operation in response thereto such that when the
matrix encoder output signals are ﬁppli_ed to the coding, transmission, or storage and
retrieval, the operation is in the first state and when the sum and difference of thg
matrix encoder output signals are applied to the coding, transmission, or storage and
retrieval, the operation is in the second state.

37. The method of any claim 35 or claim 36 wherein the sum of the encoding
matrix output signals is an amplitude weighted sum and the difference of the encoding

matrix output signals is an amplitude weighted difference.
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-36 - and difference of the matri x encoder output signals are applied to
the coding; transnission, or storage and retrieval. 36. In a
systemin which the noise level varies with signal anplitude |evel, a

met hod for adaptively rematrixi ng signals received from codi ng,

transm ssion, or storage and retrieval in response to a control signal also
received fromthe coding, transm ssion37r storage and retrieval for
applying the adaptively rematrixed signals to a 2:4 audi o decoding nmatri X,

the received signals resulting fromencoding by a 4:2 audio_signal encoding
matri x and adapt PPRFTHYE MW%Q%MWW;P cﬁ%’f%fﬁ"‘él gnal s such
that in one state of the adaptive rematrixing the signals applied to the

codi ng, transm ssion, or storage anwal are the output of the
encoding matrix and in another stat adaptive rematrixing the

signals applied to the coding, transmnission, or storage and retrieval are
~the sum and difference of the output of the encoding matrix, said control
signal indicating the state of the adaptive rematrixing,
In a system in which a low-bit rate encoder and decoder carries matrixed audio
signals, an adaptive rematrix rematrixes matrixed signals from an unmodified 4:2
matrix encoder to separate and isolate quiet components from loud ones, thereby
avoiding the corruption of quiet signals with the low-bit-rate coding quantization noise
of loud signals. The decoder is similarly equipped with a rematrix, which tracks the
encoder rematrix and restores the signals to the form required by the unmodified 2:4
matrix decoder. The encoder adaptive rematrix selects the matrix output signals or the
amplitude weighted sum and difference of the matrix output signals. The choice of
whether the matrix output signals or the sum and difference of the matrix output
signals are selected is based on a determination of which results in fewer undesirable
artifacts when the ‘output audio signals are recovered in the decoder. The adaptive

rematrix may operate on frequency component representations of signals rather than
the time-doma_in signals themselves.

Figure 3A
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conpri sing receiving said matrix output signals or the sum and
difference of the matrix output signals fromthe coding, transnission, or
storage and retrieval and produci ng audi o signals representing the out put
of said 4:2 encoding matrix for application to said 2:4 decoding matri x,
recovering unaltered the matrix output signals from
transniss?on, or storage and retrieeal inga first s gﬁrééfkﬁéﬁhﬂﬂﬁﬁwhnd
recovering the sumand difference of the matrix out puf S|gn§T”“fTUW t he
codi ng, transmi ssion, or storage and fAdt3ieval in a spcah Fgpatrayof
operation, and receiving said control signal from said codijg
transm ssion, or storage and retrieval .and control | ng tThe-st-ate—of!
operation in response thereto such that when the metri x encoder out put
signals are applied to the coding, transmssion, or storage and ret+ieval,
the operation is in the first state and when the sum and di fference of the
matri x encoder output signals are applied to the coding, transm ssion, or

storage and retrieval, the operation is in the second state. 37.
The nmethod of any claim 35 or claim36 wherein the 5 f the encoding:
matri x output signals is gn anplitude weighted sum he difference of
the encoding nmatrix of@ put signals is an anplitude hted difference.
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