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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 tlie Invention 

Audio matrix encoding and decodin~~ 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" 

15 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: 

20 Lr= L + 0.707C + 0.707S (Eqn. 1) 

RT = R + 0.707C - 0.707S (Eqn. 2) 

where Lis the Left channel signal, R is the Right channel signal, C is the Center 

25 channel signal and S is t~~ Surround channel signal. Thus, the matrix encoder output 

signals are weighted sums of the four source signals. Li- and RT are the matrix output 

signals. 

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

\ 
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L' =Lr 

(Eqn. 4) 

5 (Eqn. 5) 

(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 S' 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 Lr and RT. 

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 

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: 

20 

25 

L' = Lr = L + 0. 707(C + S) (Eqn. 3a) 

R' =RT= R + 0.707(C - S) (Eqn. 4a) 

C' = <Lr + RT)/"12 = c + 0. 707(L + R) (Eqn. 5a) 

S' = (Lr - Ry)/.J"2 = 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 compatible with them. Thus, if desired, the ¥·4·m~trii decoder of the 
l I\ :. . ., ·. . . 

present invention, described below, may incorporate 2:4 matrix decoder enhancement 

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 

1 O 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 

15 connection with two-channel digital recording media such as Compact Disks and the 

digital audio tracks of videotape recordings.itnd 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 

20 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. 

25 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 

30 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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Equations 1 and 2, the encoder applies this signal equally to its Lr and RT outputs, 

attenuated 3 dB, resulting in Lr and RT signals at an equivalent level of 97 dB SPL. 

Assume further that a low-bit-rate encoder processing these signals has an 

instantaneous signal-to-noise ratio (SNR) of 30 dB. The 97 dB Lr and RT correlated 

5 signals will each acquire 97-30 = 67 dB of uncorrelated noise. This uncorrelated 

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 Rt from Lr, 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 partiqular 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 
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amplitude is produced in a channel and the noise is uncorrelated across or between 

channels. 

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

retrieval. 

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 

5 fewer undesirable artifacts when the output audio signals are recovered in the decoder. 

The inventors have determined that this effect is substantially achieved by 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 applying the matrix output signals 

to the coding, transmission or storage if one of the matrix output signals has- the 

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 b~ 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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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. 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 

5 function may be included so that small changes in relative amplitudes over some period 

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 Lr 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 Lr' 
10 = 1h(Lr + Ry) in lieu of Lr and a weighted difference Ry' = 1h(Lr - 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 Lr, Rn Lr' and RT'. 

The combined action of a 4:2 MP encode matrix and the adaptive rematrix thus 

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

15 Equations 1 and 2 or alternate outputs Lr' and Ry' given by the relationships: 

20 

··-, 

Lr'= 1h(Lr +Ry} = 1h(L + R) + 0.707C (Eqn. 7) 

(Eqn. 8) 

where Lis the Left channel signal, R is the Right channel 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. 

30 

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: 

(Eqn. 7a) 

(Eqn. 8a), 
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where "k1" is a constant subject to the aforementioned constraints. 

The adaptive rematrix in the decoding arrangement also 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 controlled by a control 

5 signal or control bit received from the encoder which 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 

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 ;~me 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 

20 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 

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 Lr' and RT' 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 "Lr" with "(Lr)n" and "RT" with 
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(RT)o in each instance in order to indicate that the terms are decoded representations of 

the signals) or an alternate output given by the relationships: 

(Eqn. 9) 

(Eqn. 10) 

C' = CLr')Jfi2 (Eqn. 11) 

(Eqn. 12) 

where (Lr')0 and (RT')0 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 Lr' and RT'. Under 

15 these conditions, the outputs of the adaptive rematrix 26 are (Lr')0 + (RT')0 and (Lr')o 

- (RT')0 , respectively. The alternate decod~ 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 

k2C(Lr')o + (RT')0 ] and k2[(L,:')0 - (R/)0], respectively, where "k2" is a constant 

subject to the aforementioned constraints. 

25 If the weighted values of L, R, C and S corresponding to Lr' and RT' in 

Equations 7 and 8 are substituted for (Lr')0 and (RT')0 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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the low-bit-rate encoder and operates on the incoming signals from the 4:2 matrix 

encoder after those signals have been divided into frequency components and prior to 

their bit rate reduction encoding. In the decoder, the adaptive rematrix preferably 

forms a part of the decoder and operates on frequency components prior to the 

5 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. 

10 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 

15 each block. 

In explaining the problem addres~?'.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 appJied to the Center channel is 100 

dB. Thus, applying teachings of the invention, Lr and RT are each 97 dB, Lr' = 

20 1A(Lr + RT) = 91 dB and RT' = 1A(Lr - RT) = -oo dB (i.e. zero) and of the four 

signals Lr, RT, Lr' and Rr', the smallest is the difference signal (Rr ') which results in 

selection of the alternate matrix by the adaptive rematrix. 

Selecting the alternate matrix as the adaptive rematrix causes Lr' = 1h(Lr + 
Rr) and RT' = 1A(Lr - Rr) to be sent instead of Lr and RT, respectively. Thus, the 97 

25 dB Lr and Rr signals are converted to a 97 dB sum signal (Lr') and a -oo dB (i.e., 

zero) difference signal (Rr'). The 97 dB sum signal (Lr') will still pick up 67 dB of 

noise, while the zero amplitude difference signal picks up no noise. The decode 

adaptive rematrix reconstructs (Lr')0 + (Ry')0 and (Lr')0 - (Rr')0 from (Lr')0 and 

(Ry')0 , resulting in two 97 dB signals, each with 67 dB of noise, output from the 

30 adaptive rematrix to the 2:4 decode matrix. However, in Utis 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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in -OC> dB SPL (i.e., no noise or signal) from the Surround channel, a useful 

improvement. 

Brief Description of the Drawings i11iiiiiraf 
Figure lA is a functional block diagram showing an encoding arrangement 

embodying various aspects of the invention. 

Figure lB is a functional block diagram showing a decoding arrangement 

embodying various aspects of the invention. 

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 diagptm 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 

25 

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 tlie Preferred Embodiments 

Referring now to Figures lA and lB of the drawings, encoding and decoding 

arrangements embodying various aspects of the invention are shown. The 

embodiments of Figures IA 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, Rand 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 Li- and RT which are weighted 

sums of the four source signals. The matrix preferably encodes the signals according 
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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. If it 

operates wholly or partially in the digital domain, the input and output signals may be 

parallel as suggested by the drawing or, alternatively, serially multiplexed. 

5 The Lr and RT 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 SV A soundtracks of a motion picture many years 

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 Lr and RT from the identity 

matrix as shown in Equations 1 and 2 or Lr' = 1h(Lr + RT) in lieu of Lr and RT' = 
1h(Lr - RT) in lieu of RT 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. -,;he Lr and RT 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 Lr' = 1h(Lr + RT) and RT' = Y2(Lr - Ry}. The Lr 
20 and RT input signals and the Lr' 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 Lr, Rn Lr' and RT' and notes which is smallest. 

The signals may be frequency weighted. If the amplitude of Lr or Ry is smallest, the 

comparator 12, via line 14, causes switch 10 to select the identity matrix (i.e., the Lr 
25 and Ry inputs), else the comparator causes switch 10 to select the alternate matrix (i.e, 

the Lr' and RT' 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 Lr and RT, 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. ~-------~ 

Thiliii~ioo 
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Referring again to Figure lA, the audio signal outputs A and Band the control 

signal on line 6 from adaptive rematrix and controller 4 are applied to an encoder 16. 

Encoder 16 may be a psychoacoustically-based low-bit-rate transform or subband coder 

or it may be some other type of coder combined with transmission or storage and 

5 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 

10 signals to the input 20 of the decoding arrangement of Figure lB. 

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 transf9rm 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 lA 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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employ the frequency-domain arrangement of Figure 3A as described hereinafter. 

Furthermore, all three blocks, the 4:2 encode matrix 2, the adaptive rematrix 4 and the 

encoder 16 may be combined. It may be possible to perform all three functions by a 

unitary digital signal processing device. 

Referring now to the decoder arrangement of Figure lB, 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)0 and (B)0 and, on line 24, the control signal. The subscripts 

indicated that these are decoded audio signals which may have suffered some 

10 degradation by transmission or storage and retrieval. (A)0 and (B)0 may be either 

(Lr)o and (Ry)0 or CLr')0 and (Ry')0 , respectively, depending on the form of the 

encode rematrix. 

The decoded audio signals, (A)0 and (B)0 , 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 (Lr)o and (Ry)0 or the sum and difference of its 

inputs (Lr')0 + {Ry')0 and (Lr')0 - (Ry')0 ·.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 signals 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, deeode 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 encod~ng 

arrangement. 
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Referring now to Figure 3A, a preferred frequency-domain embodiment of an 

encoder arrangement embodying aspects of the present invention is shown in functional 

block diagram form. In this arrangement, the adaptive rematrix function is contained 

within or forms a functional part of a low-bit-rate psychoacoustically-based encoder. 

5 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. S90/8873, reprinted from Proceedings of 

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

10 l990 or in the above-cited international patent application WO 92112607. 

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 

subbaQd 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 IA, 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 Li- and RT 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 ~ and Rr 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 ~ and Rr 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 wen known in the art, 

windowing of the time-domain blocks is required when certain transforms are 

employed. ---
ll1iili1llifir 
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The output from blocks 30 and 32 are applied, via lines 31 and 33, to 

respective time-domain to frequency-domain transforms 34 and 36 which represent the 

blocks of audio signals as sets of frequency component. These functions are well 

known in the low-bit-rate coding art and are described in the cited '417 patent, 

5 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 MOST, 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 Lr and Ry signals and provides either the same 

frequency components, (Lr)r and (Ry)r, at its output or the weighted sum and difference 

thereof, (Lr')r = 1h(Lr + Ry)r and (Ry')r = 1h(Lr - Ry)r in a manner similar to 

adaptive rematrix 4 of Figure lA. The "r' subscript indicates that the signal is a 

15 frequency component representation. 

The adaptive rematrix 38 applies a ~it 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 uncorrelated 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 the low­_ _-
bit-rate encoding and adaptive rematrixing. --- Repl.ace"d , 

\\ii\i\\\\\ . 
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Referring now to the decoder arrangement of Figure 3B, input 60 receives the 

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 

5 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 

10 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 [(Lr),]0 and [(R1)r]0 

or the sum and difference of its inputs [(Lr')r]0 + [(R1 ')r1o and [(Lr'),]0 - [(R1 ')r10 if 

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

The audio signal frequency compo~ent 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 Lr' and R1 ' 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 
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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 38. 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. 

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 oq 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 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 

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 IA. The control signal paths 

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

-------
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Claims 

We claim 

1. Apparatus 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 

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

5 the sum and difference of the matrix output signals 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 

10 output signals has the smallest amplitude. 

2. Apparatus for adaptively matrixipg 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 applying 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 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. 
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4. An adaptive audio encoding matrix, comprising 

4:2 audio matrix means receiving four audio source signals L, C, R, and S for 

providing two matrix encoded audio signals Lr and RT in response thereto, and 

means for adaptively changing the matrix encoding characteristics of said 4:2 

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

10 

15 

and RT generally in accordance with the relationships 

I If If If 11/lff llf I lll[l II !llJ 
. * 

Lr = L + 0.707C + 0.707S, and 

RT= R + 0.707C - 0.707S 

when Lr or RT has the smallest amplitude among Lr, RT, k(Lr + RT), and k(Lr - RT) 

and provides as its output two signals Lr' and RT' generally in accordance with the 

relationships 

Lr'= k(Lr + Rt) = k(L + R + .../2C), and 

20 when k(Lr + RT) or k(Lr - RT) has the smallest a~plitude among Lr, RT, Lr' and RT', 

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 

10 

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 
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the smallest amplitude and for applying the frequency component representations of the 

sum and difference of the 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. 

6. 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 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, 

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

output _signals has the smallest amplitude. 

8. The apparatus of any one of claims 1, 2, 5, 6 or 7 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. 

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 when;in 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 

Lr = L + 0. 707C + 0. 707S, and 

RT= R + 0.707C - 0.707S 
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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. 

15. The apparatus of claim 2 or 7 wherein the combined action of said 4:2 

audio matrix means and said adaptive rematrixing means provides as its output two 

signals Lr and RT generally in accordance with the relationships 

Lr = L + 0.707C + 0.707S, and 

RT= R + 0.707C - 0.707S 

when Lr or RT has the smallest amplitude among Lr, RT, k(Lr + Ry), and k(Lr - Ry) 

10 and provides as its output two signals Lr' and Ry' generally in accordance with the 

relationships 

15 

5 

Lr'= k(Lr + Rr) = k(L + R + ./2C), and 

when Lr' or Ry' has the smallest amplitude among Lr, Rn Lr' and Ry' where, Lis 

Left channel signal, R is the Right channel signal, C is the Center channel signal, Sis 

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 

10 the smallest amplitude and for applying the sum and difference of the encoding matrix .... 

' 1111111 llll\I 111\1 1\1111\ \Ill 
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output signals to the coding, transmission, or storage and retrieval if one of the 

weighted sum and weighted difference of the encoding matrix output signals has the 

smallest amplitude, said means for applying also applying a control signal to the 

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, 
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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 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 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 

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 

Lr = L + 0. 707C + 0. 707S, and 

RT = R + 0.707C - 0.707S 

where, Lis 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' =Lr= L + 0.707(C + S), 

R' =RT= R + 0.707(C - S), 

C' = (Lr + RT)/../2 = C + 0. 707(L + R), and 

S' = (~ - RT)/../2 = s + 0.707(L- R). 

I lllllll llllll lllll lllll II llll 
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19. The apparatus of claim 17 wherein the combined action of said 4:2 audio 

matrix means and said adaptive rematrixing means provides as its output two signals 

Lr and RT generally in accordance with a first set of relationships 

Lr = L + 0.707C + 0.707S, and 

RT= R + 0.707C - 0.707S 

when Lr or RT has the smallest amplitude among Lr, RT, k(Lr +RT), and k(Lr - RT) 

10 and provides as its output two signals Lr' and RT' generally in accordance with a 

second set of relationships 

15 

Lr'= 1h(Lr +RT) = 1h(L + R + ../2C), and 

when Lr' or RT' has the smallest amplitude among Lr, R.r, Lr' 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 

25 

30 

L' = (Lr)D 

111111111111111111111111111111 
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when the control signal indicates that the adaptive encoding matrixing encoded the Lr 
and RT signals in accordance with said first state of relationships, and 
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wherein the second state of said adaptive 2:4 audio matrix decoding means 

35 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 

40 

45 

C' = (Lr')Jfi2 

when the control signal indicates that the adaptive encoding matrix encoded Lr' and 

Lr' 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 Lr and RT in response thereto 

5 for application to signal coding, transmission, or storage, the output signals Lr and RT 

having characteristics such that 

10 

15 

Lr = L + 0. 707C + 0. 707S, and 

RT= R + 0.707C - 0.707S 

when Lr or RT has the smallest amplitude among Lr, RT, k(Lr + RT), and k(Lr - RT), 

where k is a constant, and the output signals Lr and RT having characteristics such that 

I If Ill' 1111~ ,,,I lllll II If II 
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11iiii~i L,'= k(L, + R,) = k(L + R + ,/2C), and 

Rr'= k(Lr- Rr) = k(L - R + .J2S) 

when Lr' or RT' has the smallest amplitude among Lr, Rr, Lr' and Rr', 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 Lr, Rr, Lr' and Rr', and 

25 complementary adaptive 2:4 audio matrix decoding means receiving said signals 

Lr and Rr or Lr' and Rr' 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 cpding, 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 assembled into representations o~ 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 
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producing a control signal indicating if frequency components representing the 

encoding matrix output signals or the sum and difference of the encoding matrix output 

signals are being applied to the bit-rate reduction encoding, and 

decode adaptive rematrixing means receiving said control signal and frequency 

5 component representations of said encoding matrix output signals or the sum and 

difference of the encoding matrix output signals from the bit-rate reduction decoding, 

said means recovering the received signals unaltered when said adaptive rematrixing 

means applied frequency representations of the matrix encoder output signals to the bit­

rate reduction encoding and recovering frequency component representations of the 

10 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 

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 amplitude weighted sum and difference of 
--------------·-. 
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the output of the encoding matrix, said control signal indicating the state of the 

adaptive rematrixing, comprising 

decode adaptive rematrixing means receiving said matrix output signals or the 

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

5 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 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 signals are 

applied to the coding, transmission, or stoqige 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 

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 

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

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

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

20 first state when the adaptive matrix encoding is in the first state and operates in the 

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 
5 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 

10 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 
15 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 signals 

20 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. 
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27. 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 

the adaptive audio 4:2 matrix encoding of four audio source signals L, C, R, and S 

such that the adaptive matrix encoding operates in a first state providing two matrix 

5 encoded audio signals Lr and RT having characteristics such that 

10 

15 

Lr = L + 0. 707C + 0. 707S, and 

RT = R + o.101c - o.101s 

when Lr or RT had the smallest amplitude among Lr, Ry, k(Lr + Ry), and k(Lr - Ry), 

where k is a constant and the adaptive matrix encoding operates in a second state 

providing two matrix encoded audio signals Lr' and RT' having characteristics such 

that 

Lr'= k(Ly + Ry) = k(L + R + ./2C), and 

20 when Lr' or Ry' had the smallest amplitude among Ly, Rn Lr' and Ry', the adaptive 

audio matrix encoding also producing a control signal indicating which set of 

relationships defined the output signals Lr and RT or Lr' and RT', comprising 

decode adaptive 2:4 audio matrix decoding means receiving said Ly and Ry or 

Lr' 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 

l lllllll \\11\11111\ lll\I \\ \II\ 
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said control signal, such that the decode adaptive matrix decoding means operates in 

the first state when the adaptive matrix encoding is in the first state and operates in the 

35 second state when the adaptive matrix encoding is in the second state. 

5 

10 

28. The apparatus of claim 27 wherein said adaptive 2:4 audio matrix decoding 

means provides as its output four signals L', C', R', S' representing the four audio 

signals applied to the 4:2 adaptive audio matrixing generally in accordance with the 

relationships 

------------- L' =Lr= L + 0.707(C + S), 

This Sheet Has Been Replaced 

' 111111111111111111111111 
R' =RT= R + 0.707(C - S), 

C' = (Lr + Ry)/-J"2 = C + 0. 707(L + R), and 

s' = (Ly - RT)/4,2 = 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 

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 

11p11~ 1111~ 11~1111(1 111111 
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the encoding matrix and in another state of the adaptive rematrixing the signals applied 

to the bit-rate reduction encoding for transmission or storage are frequency component 

representations of the sum and difference of the output of the encoding matrix, said 

adaptive matrixing producing a control signal indicating the state of the adaptive 

5 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 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 adaptiye ·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 applied 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 

' 1111111111111111111111111 lllr . 
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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 

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 

5 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. 

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 meth~ 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 

I If Ill~ 1111~ llf I Ill/I /I /II/ 
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and difference of the matrix encoder output signals are applied to the coding, 

transmission, or storage and retrieval. 

36. In a system in which the noise level varies with signal amplitude level, a 

method 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 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 retrieval 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 and 

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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