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Description

[0001] The invention relates to a method and a device for processing a stereo down-mix signal comprising first and
second stereo signals, the stereo down-mix signal and associated spatial parameters encoding an N-channel audio
signal. The invention also relates to an encoder apparatus comprising an encoder and such a device.
[0002] The invention also relates to a method and a device for processing a stereo down-mix signal obtained by such
a method and device. The invention also relates to a decoder apparatus comprising such a device for processing a
stereo down-mix signal.
[0003] The invention also relates to an audio system comprising such an encoder apparatus and such a decoder
apparatus.
[0004] For a long time, stereo reproduction of music, for example, in the home environment has been prevailing.
During the 1970s, some experiments were done with four-channel reproduction of home music equipment.
[0005] In larger halls, such as film theatres, multi-channel reproduction of sound has been present for a long time.
Dolby Digital® and other systems were developed for providing realistic and impressive sound reproduction in a large hall.
[0006] Such multi-channel systems have been introduced in the home theatre and are gaining wide interest. Thus,
systems having five full-range channels and one part-range channel or low-frequency effects (LFE) channel, referred
to as 5.1 systems, are common on the market today. Other systems also exist, such as 2.1, 4.1, 7.1 and even 8.1.
[0007] With the introduction of SACD and DVD, multi-channel audio reproduction is gaining ground. Many consumers
already have the possibility of multi-channel playback in their homes, and multi-channel source material is becoming
popular. However, many people still have only 2-channel reproduction systems, and transmission usually takes place
via 2 channels. For this reason, matrixing techniques like e.g. Dolby Surround® were developed, to make transmission
of multi-channel audio via 2 channels possible. The transmitted signal can be played back directly with a 2-channel
reproduction system. When an appropriate decoder is available, multi-channel playback is possible. Well-known decod-
ers for this purpose are Dolby Pro Logic® (I and II), (Kenneth Gundry, "A new active matrix decoder for surround sound",
In Proc. AES 19th International Conference on Surround Sound, June 2001) and Circle Surround® (I and II) (US patent
No. 6,198,827: 5-2-5 matrix system).
[0008] Because of the increased popularity of multi-channel material, efficient coding of multi-channel material is
becoming more important. Matrixing reduces the number of audio channels required for transmission and thus reduces
the required bandwidth or bit rate. An extra advantage of the matrix technique is that it is backward compatible with
stereo reproduction systems. For further reduction of the bit rate, a conventional audio coder can be applied to encode
the matrixed stereo signal.
[0009] Another possibility to reduce the bit rate is by encoding all the individual channels without matrixing. This
method results in a higher bit rate, because five channels have to be encoded instead of two, but the spatial reconstruction
can be much closer to the original than by applying matrixing.
[0010] In principle, the matrixing process is a lossy operation. Therefore, perfect reconstruction of the 5 channels from
only a 2-channel mix is generally impossible. This property limits the maximum perceptual quality of the 5-channel
reconstruction.
[0011] Recently, a system has been developed that encodes multi-channel audio as a 2-channel stereo audio signal
and a small number of spatial parameters or encoder information parameters P. Consequently, this system is backward
compatible for stereo reproduction. The transmitted spatial parameters or encoder information parameters P determine
how the decoder should reconstruct five channels from the available two-channel stereo down-mix signal. Due to the
fact that the up-mix process is controlled by transmitted parameters, the perceptual quality of the 5-channel reconstruction
improves considerably as compared to up-mix algorithms without controlling parameters (e.g., Dolby Pro Logic).
[0012] In summary, three different methods can be applied to generate a 5-channel reconstruction from a provided
two-channel mix:

1) Blind reconstruction. This method tries to estimate the up-mix matrix based on signal properties only, without any
provided information.
2) Matrixing techniques, e.g. Dolby Pro Logic. By applying a certain down-mix matrix, the reconstruction from 2 to
5 channels can be improved due to certain signal properties that are determined by the applied down-mix matrix.
3) Parameter-controlled up-mix. In this method, the encoder information parameters P are typically stored in ancillary
parts of a bit stream, ensuring backward compatibility with normal stereo playback systems. However, these systems
are generally not backward compatible with matrixing systems.

[0013] It may be of interest to combine methods 2 and 3 mentioned above to a single system. This ensures maximum
quality, dependent on the available decoder. For consumers who have a matrix surround decoder, such as Dolby Pro
Logic or Circle Surround, a reconstruction is obtained in accordance with the matrix process. If a decoder is available
that is able to interpret the transmitted parameters, a higher quality reconstruction can be obtained. Consumers who do
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not have a matrix surround decoder or a decoder that can interpret the spatial parameters can still enjoy the stereo
backward compatibility. However, one problem of combining methods 2 and 3 is that the actual transmitted stereo down-
mix will be modified. This, in turn, might have an adverse effect on the 5-channel reconstruction using the spatial
parameters.
[0014] US 5 818 941 A (EMBREE ET AL, 1998-10-06) and US 6 697 491 B1 (GRIESINGER DAVID H, 2004-02-24)
disclose surround decoders where the directional parametric decoding is applied to the N-channels rather than the 2
downmixed channels.
[0015] It is an object of the invention to provide a method allowing combination of parametric multi-channel audio
coding with matrixing techniques, with which method a full-quality multi-channel reconstruction can be realized, inde-
pendent of the available decoder.
[0016] According to the invention, this object is achieved by means of a method of processing a stereo down-mix
signal comprising first and second stereo signals, the stereo down-mix signal and associated spatial parameters encoding
an N-channel audio signal, the method comprising the steps of:

- adding a first signal and a third signal to obtain a first output signal, wherein said first signal comprises said first
stereo signal modified by a first complex function, and wherein said third signal comprises said second stereo signal
modified by a third complex function; and

- adding a second signal and a fourth signal to obtain a second output signal, wherein said fourth signal comprises
said second stereo signal modified by a fourth complex function and wherein said second signal comprises said
first stereo signal modified by a second complex function;

- wherein said complex functions are functions of said spatial parameters and are chosen to be such that an energy
value of the difference between the first signal and the second signal is larger than or equal to the energy value of
the sum of the first and the second signal, and such that the energy value of the difference between the fourth signal
and the third signal is larger than or equal to the energy value of the sum of the fourth signal and the third signal.
Accordingly, front/back steering in the decoder is enabled.

[0017] The energy value of these difference and sum signals may be based on the 2-norm (i.e. sum of squares over
a number of samples) or the absolute value of these signals. Also other conventional energy measures may be applied
here.
[0018] In an embodiment of the invention, the N-channel audio signal comprises front-channel signals and rear-channel
signals, and said spatial parameters comprise a measure of the relative contribution of the rear channels in the stereo
down-mix as compared to the contribution of the front channels therein. This is because selection of rear-channel
contribution is necessary.
[0019] The magnitude of said second complex function may be smaller than the magnitude of said first complex
function to enable left/right rear steering and/or the magnitude of said third complex function is smaller than the magnitude
of said fourth complex function.
[0020] The second complex function and/or the third complex function maycomprise a phase shift, which is substantially
equal to plus or minus 90 degrees in order to prevent signal cancellation with front channel contribution.
[0021] In another embodiment of the invention, said first function comprises first and second function parts, wherein
the output of said second function part increases when said spatial parameters indicate that a contribution of the rear
channels in said first stereo signal increases as compared to the contribution of the front channels, and said second
function part comprises a phase shift which is substantially equal to plus or minus 90 degrees. This is to prevent signal
cancellation with front channels. Moreover, said fourth function may comprise third and fourth function parts, wherein
the output of said fourth function part increases when said spatial parameters indicate that the contribution of the rear
channels in said second stereo signal increases as compared to the contribution of the front channels, and said fourth
function part comprises a phase shift which is substantially equal to plus or minus 90 degrees.
[0022] The first function part may have an opposite sign as compared to said fourth function part. The second function
may have an opposite sign as compared to said third function. The second function and the fourth function part may
have the same sign, and the third function and the second function part may have the same sign.
[0023] In another aspect of the invention, a device is provided for processing a stereo signal in accordance with the
above-mentioned methods, and an encoder apparatus comprising such a device.
[0024] In another aspect of the invention, a method is provided for processing a stereo down-mix signal comprising
first and second stereo signals, the method comprising the step of inverting the processing operation in accordance with
the above-mentioned methods.
[0025] In another aspect of the invention, a device is provided for processing a stereo down-mix signal in accordance
with the above-mentioned method of processing a stereo down-mix signal, and a decoder apparatus comprising such
a device.
[0026] In yet another aspect of the invention, an audio system is provided, comprising such an encoder apparatus
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and such a decoder apparatus.
[0027] Further objects, features and advantages of the invention will appear from the following detailed description
of the invention with reference to embodiments thereof and to the appended drawings, in which:

Fig. 1 is a block diagram of an encoder/decoder audio system including post-processing and inverse post-processing
according to the invention.
Fig. 2 is a block diagram of an embodiment of a device for processing a stereo signal in accordance with the invention.
Fig. 3 is a detailed block diagram similar to Fig. 2, showing further details of the invention.
Fig. 4 is a detailed block diagram similar to Fig. 3, showing still further details of the invention.
Fig. 5 is a detailed block diagram similar to Fig. 3, showing yet further details of the invention.
Fig. 6 is a block diagram of an embodiment of a device for processing a stereo down-mix signal in accordance with
the invention.

[0028] The inventive method is able to make matrix decoding possible without degrading the parametric multi-channel
reconstruction. That is possible because the matrixing techniques are applied in the encoder after down-mixing, in
contradiction with usual matrixing, which is done before down-mixing. The matrixing of the down-mix is controlled by
the spatial parameters.
[0029] If the applied matrix is invertible, the decoder can undo the matrixing based on the transmitted encoder infor-
mation parameters P.
[0030] Conventionally, matrixing is applied on the original N-channel input signal. However, this approach is not
suitable here, since inversion of this matrixing, which is a prerequisite for correct N-channel reconstruction, is generally
impossible, because only 2 channels are available at the decoder. Thus, one feature of this invention is to replace the
matrixing technique, which is normally applied on the 5-channel mix, by a parameter-controlled modification of the two-
channel mix.
[0031] Fig. 1 is a block diagram of an encoder/decoder audio system incorporating the invention. In the audio system
1, an N-channel audio signal is supplied to an encoder 2. The encoder 2 transforms the N-channel audio signal to stereo
channel signals L0 and R0 and encoder information parameters P, by means of which a decoder 3 can decode the
information and approximately reconstruct the original N-channel signal to be output from the decoder 3. The N-channel
signals may be signals for a 5.1 system, comprising a center channel, two front channels, two surround channels and
a Low Frequency Effects (LFE) channel.
[0032] Conventionally, the encoded stereo channel signals L0 and R0 and encoder information parameters P are
transmitted or distributed to the user in a suitable way, such as by CD, DVD, broadcast, laser disc, DBS, digital cable,
Internet or any other transmission or distribution system, indicated by the circle 4 in Fig. 1. Since the left and right stereo
signals L0 and R0 are transmitted or distributed, the system 1 is compatible with the vast number of receiving equipment
that can only reproduce stereo signals. If the receiving equipment includes a parametric multi-channel decoder, the
decoder may decode the N-channel signals by providing an estimate thereof on the basis of the information in the stereo
channels L0 and R0 as well as the encoder information parameters P.
[0033] Now, assume an N-channel audio signal, with N being an integer which is larger than 2, and where z1[n], z2
[n],......,zN[n] describe the discrete time-domain waveforms of the N channels. These N signals are segmented by using
a common segmentation, preferably using overlapping analysis windows. Subsequently, each segment is converted to
the frequency domain, using a complex transform (e.g. FFT). However, complex filter-bank structures may also be
appropriate to obtain time/frequency tiles. This process results in segmented, sub-band representations of the input
signals, which will be denoted by Z1[k], Z2[k],...., ZN[k] with k denoting the frequency index.
[0034] From these N channels, 2 down-mix channels are created, namely L0[k] and R0[k]. Each down-mix channel is
a linear combination of the N input signals:

[0035] The parameters αi and βi are chosen to be such that the stereo signal consisting of Lo[k] and Ro[k] has a good
stereo image.
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[0036] On the resulting stereo signal, a post-processor 5 can apply processing in such a way that it mainly affects the
contribution of a specific channel i in the stereo mix. As processing, a specific matrixing technique can be chosen. This
results in the left and right matrix-compatible signals LOw[k] and ROw[k]. These, together with the spatial parameters are
transmitted to the decoder as illustrated by the circle 6 in Figure 1. The device for processing a stereo signal obtained
from an encoder comprises the post-processor 5. The encoder apparatus according to the invention comprises the
encoder 2 and the post-processor 5.
[0037] The post-processed signals L0w and R0w may be supplied to a conventional stereo receiver (not shown) for
playback. Alternatively, the post-processed signals L0w and R0w may be supplied to a matrix decoder (not shown), e.g.
a Dolby Pro Logic® decoder or a Circle Surround® decoder. Yet another possibility is to supply the post-processed
signals L0w and R0w to an inverse post-processor 7 for undoing the processing of the post-processor 5. The resulting
signals L0 and R0 can be supplied by the post-processor 7 to a multi-channel decoder 3. The device for processing a
stereo down-mix signal comprises the inverse post-processor 7. The decoder apparatus according to the invention
comprises the decoder 3 and the inverse post-processor 7.
[0038] In the decoder 3, the N input channels are reconstructed as follows:

where Ẑi[k] is an estimate of Zi[k]. The filters C1,Zi and C2,Zl are preferably time and frequency-dependent, and their
transfer functions are derived from the transmitted encoder information parameters P.
[0039] Fig 2 shows how this post-processing block 5 may be embodied to make matrix decoding possible. The left
input signal Lo[k] is modified by a first complex function g1, which results in a first signal LOwL[k] which is fed to the left
output LOw[k]. The left input signal Lo[k] is also modified by a second complex function g2, which results in a second
signal ROwL[k] which is fed to the right output ROw[k]. The functions g1 and g2 are chosen to be such that the difference
signal LOwL - ROwL has an equal or larger energy than the sum signal LOwL + ROwL. This is because, in the matrix
decoding, the ratio of the sum and difference signal is used to perform front/back steering. When the difference signal
becomes larger, more input signal is steered to the rear. Because of this ROwL[k] has to increase when the contribution
of the left rear in Lo[k] increases. This control procedure is done by the functions g1 and g2, which are both functions of
the spatial parameters P. These functions are chosen, such that the amount of processing of the left input channel
increases when the contribution of the left rear in Lo[k] increases.
[0040] The magnitude of g2 is preferably smaller than the magnitude of g1. This allows left/right rear steering in the
decoder.
[0041] The right input signal Ro[k] is modified by a fourth function g4, which results in a fourth signal ROwR[k], which
is fed to the right output ROw[k]. The right input signal Ro[k] is also modified by a third function g3, which results in a
third signal LOwR[k], which is fed to the left output LOw[k]. The functions g3 and g4 are chosen, such that the amount of
processing of the right input channel increases when the contribution of the right rear in Ro[k] increases, and also such
that subtracting L0wR from R0wR results in a larger signal than adding them.
[0042] The magnitude of g3 is preferably smaller than the magnitude of g4. This allows left/right rear steering in the
decoder.
[0043] The output can be described by means of the following matrix equation:

[0044] A parametric multi-channel encoder is described below. The following equations are applied:

in which Cs[k] is the mono signal that results after combining the LFE channel and center channel. The following equations
holds for L[k] and R[k] :
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where Lf is the left-front, Ls the left-surround, Rf the right-front and Rs the right-surround channel. The constants c1 to
c4 control the down-mix process and may be complex-valued and/or time and frequency-dependent. An ITU-style down-
mix is obtained for (c1, c3 = sqrt(2); c2, c4=1).
[0045] In the decoder, the following reconstruction is performed:

where L̂[k] is an estimate of L[k] , R̂[k] an estimate of R[k] and Ĉ[k] an estimate of Cs[k]. The parameters β and γ are
determined in the encoder and transmitted to the decoder, i.e. they are a subset of the encoder information parameters
P. Additionally, the information signal P may include (relative) signal levels between corresponding front and surround
channels, i.e. an Inter-channel Intensity Difference (IID) between Lf, Ls, and Rf, Rs, respectively. A convenient expression
for the IID1, describing the energy ratio between Lf and Ls is given by

[0046] When these parameters are used, the scheme in Fig. 2 can be replaced by the scheme in Fig. 3. For processing
the left channel Lo[k], only the parameters are necessary that determine the front/back contribution in the left input
channel, which are the parameters IIDL and β. For processing of the right input channel, only the parameters IIDR and
γ are necessary. The function g2 can now be replaced by the function g3, but with an opposite sign.
[0047] In Fig. 4, functions g1 and g4 are both split into two parallel function parts. The function g1 is split into g11 and
g12. The function g4 is split into g11 and -g12. The output signals of the function part g12 and the function g3 are the
contributions of the rear channels. The function part g12 and the function g3 need to be added with the same sign in one
output so as to prevent signal cancellation and with opposite sign in the different outputs.
[0048] The function part g12 and the function g3 both contain a phase shift of plus or minus 90 degrees. This is to
prevent cancellation of the front channel contribution (output of function part g11).
[0049] Fig. 5 gives a more detailed description of this block. The parameter wl determines the amount of processing
of Lo[k] and wr of Ro[k]. When wl is equal to 0, Lo[k] is not processed, and when wl is equal to 1, Lo[k] is maximally
processed. The same holds for wr with respect to Ro[k].
[0050] The following generalized equations hold for the post-processing parameters wl and wr:
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[0051] The blocks Φ-90 are all-pass filters that perform a 90-degree phase shift. The blocks G1 and G2 in Figure 5 are
gains. The resulting outputs are:

where:

[0052] So the functions g1........g4 are replaced by more specific functions:

[0053] The inverse of the matrix H is given by (if det(H)≠0):

[0054] Hence, usage of suitable functions in the matrix H allows the matrixing process to be inverted.
[0055] The inversion can be done in the decoder without the necessity to transmit additional information, because the
parameters wl and wr can be calculated from the transmitted parameters. Thus, the original stereo signal will be available
again which is necessary for parametric decoding of the multi-channel mix.
[0056] Even better results can be achieved if the gains G1 and G2 are a function of the inter-channel intensity difference
(IID) between the surround channels. In that case, this IID has to be transmitted to the decoder as well.
[0057] Given the above-mentioned parameter description, the following functions are used for the post-processing
operation:

[0058] Here f1........f4 may be arbitrary functions. For example:
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[0059] The all-pass filter Φ-90 can be efficiently realized by performing a multiplication in the (complex-valued) frequency
domain with the complex operator j ( j2 = -1). For the gains G1 and G2 a function of wl, wr can be taken as is done in

Circle Surround, but also a constant is suitable with the value  This results in the matrix:

[0060] The determinant of this matrix is equal to:

[0061] The imaginary part of this determinant will only be equal to zero when wl = wr. In that case, the following holds
for the determinant:

[0062] This function has a minimum of

[0063] Consequently, also for wl = wr this matrix is invertible. Hence for gains the matrix H is

always invertible, independent of the values wl and wr.

[0064] Figure 6 is a block diagram of an embodiment of the inverse post-processor 7. Like the post-processing, the
inversion is done by a matrix multiplication for each frequency band:
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[0065] Consequently, when the functions g1......g4 can be determined in the decoder, the functions k1...... k4 can be
determined. The functions k1...... k4 are functions of the parameter set P, like the functions g1......g4. For inversion, the
functions g1......g4 and the parameter set P therefore need to be known.
[0066] The matrix H can be inverted when the determinant of the matrix H is unequal to zero, i.e.:

This can be achieved by a proper choice of the functions g1......g4.
[0067] Another application of the invention is to perform the post-processing operation on the stereo signal at the
decoder side only (i.e. without post-processing at the encoder side). Using this approach, the decoder can generate an
enhanced stereo signal from a non-enhanced stereo signal. This post-processing operation on the decoder side only
may be further elaborated in a situation in which, in the encoder, the multichannel input signal is decoded into a single
(mono) signal and associated spatial parameters. In the decoder, the mono signal may first be converted into a stereo
signal (using the spatial parameters) and thereafter this stereo signal may be post-processed as described above.
Alternatively, the mono signal may be decoded directly by a multichannel decoder.
[0068] It is to be noted that use of the verb "comprise" and its conjugations does not exclude other elements or steps
and that use of the indefinite article "a" or "an" does not exclude a plurality of elements or steps. Moreover, reference
signs in the claims shall not be construed as limiting the scope of the claims.
[0069] The invention has been described with reference to specific embodiments. However, the invention is not limited
to the various embodiments described but may be amended and combined in different manners as is apparent to a
skilled person reading the present specification.

Claims

1. A method of processing a stereo down-mix signal comprising first and second stereo signals (L0, R0), the stereo
down-mix signal and associated spatial parameters (P) encoding an N-channel audio signal, the method comprising
the steps of:

- adding a first signal and a third signal to obtain a first output signal (L0w), wherein said first signal (L0wL)
comprises said first stereo signal (L0) modified by a first complex function (g1), and wherein said third signal
(L0wR) comprises said second stereo signal (R0) modified by a third complex function. (g3); and
- adding a second signal and a fourth signal to obtain a second output signal (R0w), wherein said fourth signal
(R0wR) comprises said second stereo signal (R0) modified by a fourth complex function (g4) and wherein said
second signal (R0wL) comprises said first stereo signal (L0) modified by a second complex function (g2);
- wherein said complex functions (g1,g3,g3,g4) are functions of said spatial parameters (P) and are chosen to
be such that an energy value of the difference (L0wL-R0wL) between the first signal and the second signal is
larger than or equal to the energy value of the sum (L0wL+R0wL) of the first and the second signal, and such
that the energy value of the difference (R0wR-L0wR) between the fourth signal and the third signal is larger than
or equal to the energy value of the sum (R0wR+L0wR) of the fourth signal and the third signal.

2. The method of claim 1, wherein the N-channel audio signal comprises front-channel signals and rear-channel
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signals, and wherein said spatial parameters (P) comprise a measure of the relative contribution of the rear channels
in the stereo down-mix (L0, R0) as compared to the contribution of the front channels therein.

3. The method of claim 1 or 2, wherein the magnitude of said second complex function (g2) is smaller than the magnitude
of said first complex function (g1) and/or the magnitude of said third complex function (g3) is smaller than the
magnitude of said fourth complex function (g4).

4. The method of claim 1, 2 or 3, wherein said second complex function (g2) and/or said third complex function (g3)
comprises a phase shift which is substantially equal to plus or minus 90 degrees.

5. The method of any one of the preceding claims, wherein said first function (g1) comprises first and second function
parts (g11L;g12L), wherein the output of said second function part (g12L) increases when said spatial parameters (P)
indicate that a contribution of the rear channels in said first stereo signal (L0) increases as compared to the contribution
of the front channels in said first stereo signal (L0), and said second function part (g12L) comprises a phase shift
which is substantially equal to plus or minus 90 degrees.

6. The method of claim 5, wherein said fourth function (g4) comprises third and fourth function parts (g11R;g12R),
wherein the output of said fourth function part (g12R) increases when said spatial parameters (P) indicate that the
contribution of the rear channels in said second stereo signal (R0) increases as compared to the contribution of the
front channels in said second stereo signal (R0), and said fourth function part (g12R) comprises a phase shift which
is substantially equal to plus or minus 90 degrees.

7. The method of claim 6, wherein said first function part (g12L) has an opposite sign as compared to said fourth function
part (g12R).

8. The method of claim 6, wherein said second function (g2) has an opposite sign as compared to said third function (g3).

9. The method of claim 7 or 8, wherein said second function (g2) and said fourth function part (g12R) have the same
sign, and wherein said third function (g3) and said second function part (g12L) have the same sign.

10. A device (5) for processing a stereo down-mix signal comprising first and second stereo signals (L0, R0), the stereo
down-mix signal and associated spatial parameters (P) encoding an N-channel audio signal, the device comprising:

- first adding means for adding a first signal and a third signal to obtain a first output signal (L0w), wherein said
first signal (L0wL) comprises said first stereo signal (L0) modified by a first complex function (g1), and wherein
said third signal (L0wR) comprises said second stereo signal (R0) modified by a third complex function (g3); and
- second adding means for adding a second signal and a fourth signal to obtain a second output signal (R0w),
wherein said fourth signal (R0wR) comprises said second stereo signal (R0) modified by a fourth complex function
(g4), and wherein said second signal (R0wL) comprises said first stereo signal (L0) modified by a second complex
function (g2);
wherein said complex functions are functions of said spatial parameters (P), such that an energy value of the
difference (L0wL-R0wL) between the first signal and the second signal is larger than or equal to the energy value
of the sum (L0wL+R0wL) of the first and the second signal and such that the energy value of the difference
(R0wR-L0wR) between the fourth signal and the third signal is larger than or equal to the energy value of the
sum (R0wR+L0wR) of the fourth signal and the third Signal.

11. An encoder apparatus comprising:

- an encoder (2) for encoding an N-channel audio signal into spatial parameters (P) and a stereo down-mix
signal comprising first and second stereo signals (L0,R0), and
- a device (5) as claimed in claim 10 for processing the stereo down-mix signal

12. A method of processing a stereo down-mix signal comprising first and second stereo signals (L0w, R0w), the method
comprising inverting the processing operation in accordance with the method of any one of claims 1 to 9.

13. The method cf claim 12, wherein the inverting comprises a matrix multiplication
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wherein L0 and R0 are respective first and second output signals, and wherein L0w and R0w are respective first and
second stereo input signals, and wherein g1; g2, g3 and g4 are said respective first, second, third and fourth complex
functions.

14. A device (7) for processing a stereo down-mix signal comprising first and second stereo signals (L0w, R0w), the
device comprising means for inverting the processing operation in accordance with the method of any one of claims
1 to 9.

15. The device (7) of claim 14, wherein the means for inverting comprise a matrix multiplication

wherein L0 and R0) are respective first and second output signals, and wherein L0w and R0w are respective first and
second stereo input signal, and wherein g1, g2, g3 and g4 are said respective first, second, third and fourth complex
functions.

16. A decoder apparatus comprising:

- a device (7) as claimed in claim 14 or 15 for processing stereo down-mix signal comprising first and second
stereo signals (L0w, R0w), and
- a decoder for decoding the processed stereo signals (L0,R0) into an N-channel audio signal.

17. An audio system comprising an encoder apparatus as claimed in claim 11 and a decoder apparatus as claimed in
claim 16.

Patentansprüche

1. Ein Verfahren zum Verarbeiten eines Stereo-Abwärtsmischsignals, das ein erstes und ein zweites Stereosignal (L0,
R0) aufweist, wobei das Stereo-Abwärtsmischsignal und zugeordnete räumliche Parameter (P) ein N-Kanal-Audio-
signal codieren, wobei das Verfahren folgende Schritte aufweist:

- Hinzuaddieren eines ersten Signals und eines dritten Signals, um ein erstes Ausgangssignal (L0w) zu erhalten,
wobei das erste Signal (L0wL) das durch eine erste komplexe Funktion (g1) modifizierte erste Stereosignal (L0)
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aufweist, und wobei das dritte Signal (L0wR) das durch eine dritte komplexe Funktion (g3) modifizierte zweite
Stereosignal (R0) aufweist; und
- Hinzuaddieren eines zweiten Signals und eines vierten Signals, um ein zweites Ausgangssignal (R0w) zu
erhalten, wobei das vierte Signal (R0WR) das durch eine vierte komplexe Funktion (g4) modifizierte zweite
Stereosignal (R0) aufweist und wobei das zweite Signal (R0wL) das durch eine zweite komplexe Funktion (g2)
modifizierte erste Stereosignal (L0) aufweist;
- wobei die komplexen Funktionen (g1,g2,g3,g4) Funktionen der räumlichen Parameter (P) sind und dahin
gehend gewählt werden, dass ein Energiewert der Differenz (L0wL-R0wL) zwischen dem ersten Signal und dem
zweiten Signal größer als der oder gleich dem Energiewert der Summe (L0wL+R0wL) des ersten und des zweiten
Signals ist, und dass der Energiewert der Differenz (R0wR-L0wR) zwischen dem vierten Signal und dem dritten
Signal größer als der oder gleich dem Energiewert der Summe (R0wR+L0wR) des vierten Signals und des dritten
Signals ist.

2. Das Verfahren gemäß Anspruch 1, bei dem das N-Kanal-Audiosignal Vorderer-Kanal-Signale und Hinterer-Kanal-
Signale aufweist und bei dem die räumlichen Parameter (P) ein Maß des relativen Beitrags der hinteren Kanäle bei
der Stereo-Abwärtsmischung (L0, R0) im Vergleich zu dem Beitrag der vorderen Kanäle in derselben aufweisen.

3. Das Verfahren gemäß Anspruch 1 oder 2, bei dem der Betrag der zweiten komplexen Funktion (g2) kleiner ist als
der Betrag der ersten komplexen Funktion (g1) und/oder der Betrag der dritten komplexen Funktion (g3) kleiner ist
als der Betrag der vierten komplexen Funktion (g4).

4. Das Verfahren gemäß Anspruch 1, 2 oder 3, bei dem die zweite komplexe Funktion (g2) und/oder die dritte komplexe
Funktion (g3) eine Phasenverschiebung aufweist, die im Wesentlichen plus oder minus 90 Grad beträgt.

5. Das Verfahren gemäß einem der vorhergehenden Ansprüche, bei dem die erste Funktion (g1) einen ersten und
einen zweiten Funktionsteil (g11L;g12L) aufweist, wobei der Ausgang des zweiten Funktionsteils (g12L) zunimmt,
wenn die räumlichen Parameter (P) angeben, dass ein Beitrag der hinteren Kanäle in dem ersten Stereosignal (L0)
im Vergleich zu dem Beitrag der vorderen Kanäle in dem ersten Stereosignal (L0) zunimmt, und der zweite Funk-
tionsteil (g12L) eine Phasenverschiebung aufweist, die im Wesentlichen plus oder minus 90 Grad beträgt.

6. Das Verfahren gemäß Anspruch 5, bei dem die vierte Funktion (g4) einen dritten und einen vierten Funktionsteil
(g11R;g12R) aufweist, wobei der Ausgang des vierten Funktionsteils (g12R) zunimmt, wenn die räumlichen Parameter
(P) angeben, dass der Beitrag der hinteren Kanäle in dem zweiten Stereosignal (R0) im Vergleich zu dem Beitrag
der vorderen Kanäle in dem zweiten Stereosignal (R0) zunimmt, und der vierte Funktionsteil (g12R) eine Phasen-
verschiebung aufweist, die im Wesentlichen plus oder minus 90 Grad beträgt.

7. Das Verfahren gemäß Anspruch 6, bei dem das erste Funktionsteil (g12L) im Vergleich zu dem vierten Funktionsteil
(g12R) ein entgegengesetztes Vorzeichen aufweist.

8. Das Verfahren gemäß Anspruch 6, bei dem die zweite Funktion (g2) im Vergleich zu der dritten Funktion (g3) ein
entgegengesetztes Vorzeichen aufweist.

9. Das Verfahren gemäß Anspruch 7 oder 8, bei dem die zweite Funktion (g2) und das vierte Funktionsteil (g12R)
dasselbe Vorzeichen aufweisen und bei dem die dritte Funktion (g3) und das zweite Funktionsteil (g12L) dasselbe
Vorzeichen aufweisen.

10. Eine Vorrichtung (5) zum Verarbeiten eines Stereo-Abwärtsmischsignals, das ein erstes und ein zweites Stereosignal
(L0, R0) aufweist, wobei das Stereo-Abwärtsmischsignal und zugeordnete räumliche Parameter (P) ein N-Kanal-
Audiosignal codieren, wobei die Vorrichtung folgende Merkmale aufweist:

- eine erste Addiereinrichtung zum Hinzuaddieren eines ersten Signals und eines dritten Signals, um ein erstes
Ausgangssignal (L0w) zu erhalten, wobei das erste Signal (L0wL) das durch eine erste komplexe Funktion (g1)
modifizierte erste Stereosignal (L0) aufweist, und wobei das dritte Signal (L0wR) das durch eine dritte komplexe
Funktion (g3) modifizierte zweite Stereosignal (R0) aufweist; und
- eine zweite Addiereinrichtung zum Hinzuaddieren eines zweiten Signals und eines vierten Signals, um ein
zweites Ausgangssignal (R0w) zu erhalten, wobei das vierte Signal (R0wR) das durch eine vierte komplexe
Funktion (g4) modifizierte zweite Stereosignal (R0) aufweist und wobei das zweite Signal (R0wL) das durch eine
zweite komplexe Funktion (g2) modifizierte erste Stereosignal (L0) aufweist;
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wobei die komplexen Funktionen (g1,g2,g3,g4) Funktionen der räumlichen Parameter (P) sind, derart, dass ein
Energiewert der Differenz (L0wL-R0wL) zwischen dem ersten Signal und dem zweiten Signal größer als der oder
gleich dem Energiewert der Summe (L0wL+R0wL) des ersten und des zweiten Signals ist, und dass der Ener-
giewert der Differenz (R0wR-L0wR) zwischen dem vierten Signal und dem dritten Signal größer als der oder
gleich dem Energiewert der Summe (R0wR+L0wR) des vierten Signals und des dritten Signals ist.

11. Eine Codiervorrichtung, die folgende Merkmale aufweist:

- einen Codierer (2) zum Codieren eines N-Kanal-Audiosignals in räumliche Parameter (P) und ein Stereo-
Abwärtsmischsignal, das ein erstes und ein zweites Stereosignal (L0,R0) aufweist, und
- eine Vorrichtung (5) gemäß Anspruch 10 zum Verarbeiten des Stereo-Abwärtsmischsignals.

12. Ein Verfahren zum Verarbeiten eines Stereo-Abwärtsmischsignals, das ein erstes und ein zweites Stereosignal
(L0w, R0w) aufweist, wobei das Verfahren ein Invertieren des Verarbeitungsvorgangs gemäß dem Verfahren eines
der Ansprüche 1 bis 9 aufweist.

13. Das Verfahren gemäß Anspruch 12, bei dem das Invertieren eine
Matrixmultiplikation

aufweist, wobei L0 und R0 ein erstes beziehungsweise ein zweites Ausgangssignal sind und wobei L0w and R0w
ein erstes beziehungsweise ein zweites Stereo-Eingangssignal sind und wobei g1, g2, g3 und g4 die erste, zweite,
dritte beziehungsweise vierte komplexe Funktion sind.

14. Eine Vorrichtung (7) zum Verarbeiten eines Stereo-Abwärtsmischsignals, das ein erstes und ein zweites Stereosignal
(L0w, R0w) aufweist, wobei die Vorrichtung eine Einrichtung zum Invertieren des Verarbeitungsvorgangs gemäß
dem Verfahren eines der Ansprüche 1 bis 9 aufweist.

15. Die Vorrichtung (7) gemäß Anspruch 14, bei der die Einrichtung zum Invertieren
eine Matrixmultiplikation
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aufweist, wobei L0 und R0 ein erstes beziehungsweise ein zweites Ausgangssignal sind und wobei L0w and R0w
ein erstes beziehungsweise ein zweites Stereo-Eingangssignal sind und wobei g1, g2, g3 und g4 die erste, zweite,
dritte beziehungsweise vierte komplexe Funktion sind.

16. Eine Decodiervorrichtung, die folgende Merkmale aufweist:

- eine Vorrichtung (7) gemäß Anspruch 14 oder 15 zum Verarbeiten eines Stereo-Abwärtsmischsignals, das
ein erstes und ein zweites Stereosignal (L0w, R0w) aufweist, und
- einen Decodierer zum Decodieren der verarbeiteten Stereosignale (L0,R0) zu einem N-Kanal-Audiosignal.

17. Ein Audiosystem, das eine Codiervorrichtung gemäß Anspruch 11 und eine Decodiervorrichtung gemäß Anspruch
16 aufweist.

Revendications

1. Procédé de traitement d’un signal de mélange descendant stéréo comprenant un premier et un deuxième signal
stéréo (L0, R0), le signal de mélange descendant stéréo et les paramètres spatiaux associés (P) codant un signal
audio à N canaux, le procédé comprenant les étapes consistant à:

- additionner un premier signal et un troisième signal, pour obtenir un premier signal de sortie (L0w), où ledit
premier signal (L0wL) comprend ledit premier signal stéréo (L0) modifié par une première fonction complexe
(g1), et où ledit troisième signal (L0wR) comprend ledit deuxième signal stéréo (R0) modifié par une troisième
fonction complexe (g3); et
- additionner un deuxième signal et un quatrième signal, pour obtenir un deuxième signal de sortie (R0w), où
ledit quatrième signal (R0wR) comprend ledit deuxième signal stéréo (R0) modifié par une quatrième fonction
complexe (g4) et où ledit deuxième signal (R0wL) comprend ledit premier signal stéréo (L0) modifié par une
deuxième fonction complexe (g2);
- dans lequel lesdites fonctions complexes (g1, g2, g3, g4) sont des fonctions desdits paramètres spatiaux (P)
et sont choisies de sorte qu’elles soient telle qu’une valeur d’énergie de la différence (L0wL-R0wL) entre le premier
signal et le deuxième signal soit supérieure ou égale à la valeur d’énergie de la somme (L0wL+R0wL) du premier
et du deuxième signal, et de sorte que la valeur d’énergie de la différence (R0wR-L0wR) entre le quatrième signal
et le troisième signal soit supérieure ou égale à la valeur d’énergie de la somme (R0wR+L0wR) du quatrième
signal et du troisième signal.

2. Procédé selon la revendication 1, dans lequel le signal audio à N canaux comprend des signaux de canaux avant
et des signaux de canaux arrière, et dans lequel lesdits paramètres spatiaux (P) comprennent une mesure de la
contribution relative des canaux arrière dans le mélange descendant stéréo (L0, R0), comparé à la contribution des
canaux avant dans ce dernier.

3. Procédé selon la revendication I ou 2, dans lequel l’amplitude de ladite deuxième fonction complexe (g2) est inférieure
à l’amplitude de ladite première fonction complexe (g1) et/ou l’amplitude de ladite troisième fonction complexe (g3)
est inférieure à l’amplitude de ladite quatrième fonction complexe (g4).

4. Procédé selon la revendication I, 2 ou 3, dans lequel ladite deuxième fonction complexe (g2) et/ou ladite troisième
fonction complexe (g3) comprend un déphasage qui est sensiblement égal à plus ou moins 90 degrés.

5. Procédé selon l’une quelconque des revendications précédentes, dans lequel ladite première fonction (g1) comprend
une première et une deuxième partie de fonction (g11L; g12L), dans lequel la sortie de ladite deuxième partie de
fonction (g12L) augmente lorsque lesdits paramètres spatiaux (P) indiquent qu’une contribution des canaux arrière
dans ledit premier signal stéréo (L0) augmente, comparé à la contribution des canaux avant dans ledit premier
signal stéréo (Lo), et ladite deuxième partie de fonction (g12L) comprend un déphasage qui est sensiblement égal
à plus ou moins 90 degrés.

6. Procédé selon la revendication 5, dans lequel ladite quatrième fonction (g4) comprend une troisième et une quatrième
partie de fonction parts (g11R; g12R), dans lequel la sortie de ladite quatrième partie de fonction (g12R) augmente
lorsque lesdits paramètres spatiaux (P) indiquent qu’une contribution des canaux arrière dans ledit deuxième signal
stéréo (R0) augmente, comparé à la contribution des canaux avant dans ledit deuxième signal stéréo (R0), et ladite



EP 1 769 655 B1

15

5

10

15

20

25

30

35

40

45

50

55

quatrième partie de fonction (g12R) comprend un déphasage qui est sensiblement égal à plus ou moins 90 degrés.

7. Procédé selon la revendication 6, dans lequel ladite première partie de fonction (g12L) a un signe opposé à celui
de ladite quatrième partie de fonction (g12R).

8. Procédé selon la revendication 6, dans lequel ladite deuxième fonction (g2) a un signe opposé à celui de ladite
troisième fonction (g3).

9. Procédé selon la revendication 7 ou 8, dans lequel ladite deuxième fonction (g2) et ladite quatrième partie de fonction
(g12R) ont le même signe, et dans lequel ladite troisième fonction (g3) et ladite deuxième partie de fonction (g12L)
ont le même signe.

10. Dispositif (5) de traitement d’un signal de mélange descendant stéréo comprenant un premier et un deuxième signal
stéréo (L0, R0), le signal de mélange descendant stéréo et les paramètres spatiaux associés (P) codant un signal
audio à N canaux, le dispositif comprenant:

- un premier moyen d’addition destiné à additionner un premier signal et un troisième signal, pour obtenir un
premier signal de sortie (L0w), où ledit premier signal (LowL) comprend ledit premier signal stéréo (L0) modifié
par une première fonction complexe (g1), et où ledit troisième signal (L0wR) comprend ledit deuxième signal
stéréo (R0) modifié par une troisième fonction complexe (g3); et
- un deuxième moyen d’addition destiné à additionner un deuxième signal et un quatrième signal, pour obtenir
un deuxième signal de sortie (R0w), où ledit quatrième signal (R0wR) comprend ledit deuxième signal stéréo
(R0) modifié par une quatrième fonction complexe (g4) et où ledit deuxième signal (R0wL) comprend ledit premier
signal stéréo (L0) modifié par une deuxième fonction complexe (g2);
- dans lequel lesdites fonctions complexes (g1, g2, g3, g4) sont des fonctions desdits paramètres spatiaux (P)
de sorte qu’une valeur d’énergie de la différence (L0wL-R0wL) entre le premier signal et le deuxième signal soit
supérieure ou égale à la valeur d’énergie de la somme (L0wL+R0wL) du premier et du deuxième signal, et de
sorte que la valeur d’énergie de la différence (R0wR-L0wR) entre le quatrième signal et le troisième signal soit
supérieure ou égale à la valeur d’énergie de la somme (R0wR+L0wR) du quatrième signal et du troisième signal.

11. Appareil de codage comprenant:

- un codeur (2) destiné à coder un signal audio à N canaux en paramètres spatiaux (P) et un signal de mélange
descendant stéréo comprenant un premier et un deuxième signal stéréo (L0, R0), et
- un dispositif (5) selon la revendication 10 destiné à traiter le signal de mélange descendant stéréo.

12. Procédé de traitement d’un signal de mélange descendant stéréo comprenant un premier et un deuxième signal
stéréo (L0, R0), le procédé comprenant le fait d’inverser l’opération de traitement selon le procédé de l’une quelconque
des revendications 1 à 9.

13. Procédé selon la revendication 12, dans lequel l’inversion comprend une multiplication matricielle

où L0 et R0 sont les premier et deuxième signaux de sortie respectifs, et où L0w et R0w sont les premier et deuxième
signaux d’entrée stéréo respectifs, et où g1, g2, g3 et g4 sont lesdites première, deuxième, troisième et quatrième
fonctions complexes respectives.
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14. Dispositif (7) de traitement d’un signal de mélange descendant stéréo comprenant un premier et un deuxième signal
stéréo (L0w, R0w), le dispositif comprenant un moyen pour inverser l’opération de traitement selon le procédé de
l’une quelconque des revendications 1 à 9.

15. Dispositif (7) selon la revendication 14, dans lequel le moyen pour inverser comprend une multiplication matricielle

où L0 et R0 sont les premier et deuxième signaux de sortie respectifs, et où L0w et R0w sont les premier et deuxième
signaux d’entrée stéréo respectifs, et où g1, g2, g3 et g4 sont lesdites première, deuxième, troisième et quatrième
fonctions complexes respectives.

16. Appareil de décodage comprenant:

- un dispositif (7) selon la revendication 14 ou 15 destiné à traiter un signal de mélange descendant stéréo
comprenant un premier et un deuxième signal stéréo (L0w, R0w), et
- un décodeur destiné à décoder les signaux stéréo traités (L0, R0) en un signal audio à N canaux.

17. Système audio comprenant un appareil de codage selon la revendication 11 et un appareil de décodage selon la
revendication 16.
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