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Description

[0001] The present invention relates to a method and device for processing a stereo signal obtained from an encoder,
which encoder encodes an N-channel audio signal into left and right signals and spatial parameters. The invention also
relates to an encoder apparatus comprising such an encoder and such a device.
[0002] The present invention also relates to a method and device for processing a stereo signal obtained by such a
method and such a device for processing a stereo signal obtained from an encoder. The invention also relates to a
decoder apparatus comprising such a device for processing a stereo signal.
[0003] The present 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 home environment has been prevailing. During
the 1970’s, 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 large interest. Thus,
systems having five full-range channels and one part-range channel or low-frequency effects (LFE) channel, so called
5.1 systems, are today common on the market. 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 further interest. Many
consumers already have the possibility of multi-channel playback in their homes, and multi-channel source material is
becoming popular.
[0008] Because of increased popularity of multi-channel material, efficient coding of multi-channel material is becoming
more important, which is also recognized by standardization bodies such as MPEG.
[0009] Previously known encoders often do not apply efficient methods to encode multi-channel audio. The input
channels may be basically encoded individually (possibly after matrixing), thus requiring a high bit rate due to the large
number of channels.
[0010] However, a multi-channel audio encoder may generate a 2-channel down-mix which is compatible with 2-chan-
nel reproduction systems, while still enabling high-quality multi-channel reconstruction at the decoder side. The high-
quality reconstruction is controlled by transmitted parameters P which control the stereo-to-multi-channel upmix process.
These parameters contain information describing, amongst others, the ratio of front versus surround signal which is
present in the 2-channel down mix. Using such an approach, a decoder can control the amount of front versus surround
signal in the upmix process. In other words, the parameters describe important properties of the spatial sound field which
was present in the original multi-channel signal, but which is lost in the stereo mix due to the down-mix process.
[0011] An example of a multi-channel encoder and decoder is disclosed in Patent Cooperation Treaty Patent Publication
WO2004/008805.
[0012] The current invention relates to the possibility to use this parameterized spatial information to apply parame-
ter-dependent, preferably invertible, post-processing on a 2-channel down-mix to enhance the downmix, such as the
perceptual quality or spatial properties thereof.
[0013] An object of the present invention is to make post-processing of the down-mix possible after encoding, based
upon the parameters as determined in the multi-channel encoder and still maintain the possibility of multi-channel
decoding without influences of the post-processing.
[0014] This object is achieved by a method and a device for processing a stereo signal obtained from an encoder,
which encoder encodes an N-channel (N>2) signal into left and a right signals and spatial parameters. The method
comprises processing of said left and right channel signals in order to provide a processed stereo signal. The processing
is controlled in dependence of said spatial parameters. The general idea is to use the spatial parameters obtained from
an N-channel-to-stereo coder to control a certain post-processing algorithm. In this way, the stereo signal obtained from
the encoder may be processed, for example for enhancing the spatial impression.
[0015] In an embodiment of the invention, the processing is controlled by a first parameter for each input channel, i.e.
for each of the left and right signals, which first parameter is dependent on the spatial parameters. The first parameter
may be a function of time and/or frequency. Thus, the system may have a variable amount of post-processing of which
the actual amount of post-processing depends on the spatial parameters. The post-processing may be performed indi-
vidually in different frequency bands. The encoder delivers independent spatial parameters describing the spatial image
for a set of frequency bands. In that case, the first parameter may be frequency-dependent.
[0016] In another embodiment of the invention, the post-processing comprises adding a first, second and third signal
in order to obtain said processed channel signals. The first signal includes the first input signal, i.e. the left or right signal,
modified by a first transfer function, the second signal includes the first input signal modified by a second transfer function,
and the third signal includes the second input signal, i.e. the right or left signal, modified by a third transfer function. The
second transfer function may comprise said first parameter and a first filter function. The first transfer function may
comprise a second parameter, whereby the sum of said first parameter and said second parameter can be unity. The
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third transfer function may comprise said first parameter of the second input signal and a second filter function.
[0017] The filter functions may be time-invariant.
[0018] In one specific embodiment, the signals may be described by the equation: 

with a being a constant.
[0019] Using this representation, the filtering effect of the filter functions H1, H2, H3 and H4 is variable by varying the
parameters wl and wr. If both parameters have values equal to zero, the post-processed signals L0w, R0w are essentially
equal to the stereo input signal pair L0, R0. On the other hand, if the parameters are +1, the post-processed stereo pair
L0w, R0w is fully processed by the filter functions H1, H2, H3 and H4. This invention makes possible to control the actual
amount of filtering, i.e., the value of the parameters w1 and wr by the spatial parameters P.
[0020] According to an embodiment, the filter functions and parameters are selected so that the transfer function matrix
is invertible. This makes reconstruction of the original stereo signal possible.
[0021] In another aspect of the invention, it comprises a device for processing a stereo signal in accordance with the
above mentioned methods, and an encoder apparatus comprising such a device.
[0022] In another aspect of the invention there is provided a method and a device for inverting the processing in
accordance with the above mentioned methods, and a decoder apparatus comprising such an inverting device.
[0023] In yet another aspect of the invention there is provided an audio system comprising such an encoder apparatus
and such a decoder apparatus.
[0024] Further objects, features and advantages of the invention will appear from the following detailed description of
the invention with reference to embodiments thereof and with reference to the appended drawings, in which:

Fig. 1 shows a schematic block diagram of an encoder/decoder audio system including post-processing and inverse
post-processing according to the present invention.
Fig. 2 shows a detailed block diagram of an embodiment of a device for post-processing a stereo signal obtained
from a multichannel encoder.
Fig. 3 shows a block diagram of another embodiment of the device for post-processing a stereo signal obtained
from a multichannel decoder.
Fig. 4 shows a block diagram of an embodiment of the for inversely post-processing a stereo signal comprising left
and right signals.

[0025] Fig. 1 is a block diagram of an encoder/decoder system in which the present invention is intended to be used.
In the audio system 1 an N-channel audio signal is supplied to an encoder 2, with N being an integer which is larger
than 2. The encoder 2 transforms the N-channel audio signals to signals L0 and R0 and parametric decoder information
P, by means of which a decoder can decode the information and estimate the original N-channel signals to be output
from the decoder. The spatial parameter set P is preferably time and/or frequency dependent. The N-channel signals
may be signals for a 5.1 system, comprising a center channel, two front channels, two surround channels and an LFE
channel.
[0026] The encoded stereo signal pair L0 and R0 and decoder spatial information P, are transmitted to the user in a
suitable way, such as by CD, DVD, VHS H-i-Fi, broadcast, laser disc, DBS, digital cable, Internet or any other transmission
or distribution system, indicated by the circle line 4 in Fig. 1. Since the left and right signals are transmitted, the system
is compatible with the vast number of receiving equipment that can only reproduce stereo signals. If the receiving
equipment includes a decoder, the decoder may decode the N-channel signals and provide an estimate thereof, based
on the information in the stereo signal pair L0 and R0 as well as the decoder spatial information signals or spatial
parameters P.
[0027] However, due to the decreased number of playback signals, stereo signals are lacking spatial information
compared to the N-channel signals or other properties that may be desired for certain situations. Thus, according to the
present invention, there is provided a post-processor 5 which processes the stereo signal prior to the transmission/
distribution to the receiver. The post-processing may be position-dependent "addition" of bass or reverberation, or
removal of vocals (karaoke with vocals in center channel).
[0028] Other examples of post-processing are stereo-base-widening, which may be performed by making use of the
knowledge of the composition of the original surround mix, such as front/back, since the contribution of individual input
signals is known from the decoder information signals P. In principle, stereo widening can be applied already in the
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encoder, but this is generally not invertible, since only two signals are available in the decoder, instead ofN, inversion
is generally impossible. But besides stereo widening, also other post-processing techniques on the individual multi-
channel contributions are possible.
[0029] According to the invention, the post-processed signals are transmitted to a receiver as indicated by the circle
6 in Figure 1. The inventive device for processing a stereo signal obtained from an encoder comprises the post-processor
5. The encoder apparatus according to the present invention comprises the encoder 2 and the post-processor 5.
[0030] The signal received may be used directly, for example if the receiver does not include a multi-channel decoder.
This may be the case in a computer receiving the signal 6 over the Internet, or in a receiver having only two loudspeakers.
Such received signal is perceived as a high quality signal, since it has improved spatial impression or other characteristics
as determined in the processing thereof by the encoder and the post-processor.
[0031] If the signal should be used for decoding in a conventional N-channel decoder 3, it must first be inverse
post-processed by an inverse post-processor 7, in order to reconstruct the original stereo signal pair L0 and R0 which
together with the decoder information or spatial parameters P, produces an estimated N-channel signal. According to
the invention, such reconstruction is possible of the multi-channel mix, which reconstruction is hardly affected by the
post-processing. Also post-processing in the decoder is possible for stereo playback as a user-selectable feature, without
the necessity to determine the multi-channel signal first. The inventive device for processing a stereo signal comprising
left and right signals comprises the inverse post-processor 7. The decoder apparatus according to the present invention
comprises the decoder 3 and the inverse post-processor 7.
[0032] Without post-processing the down-mix is comparable with a standard ITU down-mix. The inventive method,
however, may improve the down-mix significantly.
[0033] The inventive method is able to determine the contribution in the down-mix of the original channels in the
multi-channel mix with the help of the determined spatial parameters P in the encoder. In this way post-processing can
be applied to specific channels of the multi-channel mix, for example stereo-base-widening of the rear channels, whilst
the other channels are not affected. The post-processing does not affect the final multi-channel reconstruction if the
post-processing is invertible. It can also be applied for an improved stereo playback without the necessity to reconstruct
the multi-channel mix first.
[0034] This method differs from existing post-processing techniques in that it uses the knowledge of the original
multi-channel mix, i.e. the determined spatial parameters P.
[0035] The encoder 2 operates in the following way:

Assume an N-channel audio signal as an input signal to the encoder 2, where z1[n], z2[n],....zN[n] describe the
discrete time-domain waveforms of the N channels. These N signals are segmented 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.

[0036] From these N channels, 2 down-mix channels are created, being L0[k] and R0[k]. Each down-mix channel is a
linear combination of the N input signals: 

[0037] The parameters αi and βi are chosen such that the stereo signal consisting of L0[k] and R0[k] has a good stereo
image. In case of a 5-channel input signal consisting of Lf, Rf, C, Ls, and Rs (for the left-front, right-front, center, left-
surround, right-surround channels, respectively), a suitable downmix can be obtained according to: 
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[0038] The signals L and R can be obtained according to the equations:

[0039] Additionally, spatial parameters P are extracted to enable perceptual reconstruction of the signals Lf, Rf, C, Ls
and Rs from L0 and R0.
[0040] In an embodiment, the parameter set P includes inter-channel intensity differences (IIDs) and possibly in-
ter-channel cross-correlation (ICCs) values between the signal pairs (Lf, Ls) and (Rf, Rs). The IID and ICC between the
Lf, Ls pair are obtained according to the equations: 

[0041] Here, (*) denotes the complex conjugation. For other signal pairs, similar equations can be used. Thus, the
parameter IIDl describes the relative amount of energy between the left-front and left-surround channels and the pa-
rameter ICCl describes the amount of mutual correlation between the left-front and left-surround channels. These pa-
rameters essentially describe the perceptually relevant parameters between front and surround channels.
[0042] A parameterization of the amount of center signal which is present in L0, R0 can be obtained by estimating two
prediction parameters c1 and c2. These two prediction parameters define a 2x3 matrix which controls the decoder upmix
process from L0, R0 to L, C, and R: 

[0043] An implementation of the upmix matrix M is given by: 
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[0044] For the example shown above, the parameter set P includes {c1, c2, IIDl, ICCl, IIDr, ICCr} for each time/frequency
tile.
[0045] On the resulting stereo signal pair (L0, R0), post-processing can be applied in a way that it mainly affects the
contribution of Zi[k], for example Ls and Rs in the stereo mix. In Fig. 1 the position of this block in the codec is shown.
[0046] Fig. 2 is a detailed view of the post-processor 5 in Fig. 1 according to an embodiment of the invention. The
post-processed left signal L0w is the sum of three signals, namely the left signal L0 modified by a transfer function HA,
the left signal L0 modified by a transfer function HB and the right signal R0 modified by a transfer function HD. In the
same way, the post-processed right signal R0w is the sum of three signals, namely the right signal R0 modified by a
transfer function HF, the right signal R0 modified by a transfer function HE and the left signal L0 modified by a transfer
function HC. The transfer functions HA - HF may be implemented as FIR or IIR-type filters, or can simply be (complex)
scale factors which may be frequency dependent. Furthermore, the transfer function HA may be a multiplication with a
second parameter (1-wl) and transfer function HB may include a first parameter wl whereby this parameter wl determines
the amount of post-processing of the stereo signal.
[0047] This is shown in Fig. 3. The parameter wl determines the amount of post-processing of L0[k] and wr of R0[k].
When wl is equal to 0, L0[k] is unaffected, and when wl is equal to 1, L0[k] is maximally affected. The same holds for wr
with respect to R0[k].
[0048] The following equations hold for the post-processing parameters wl and wr: 

[0049] The blocks H1, H2, H3 and H4 in Fig. 3 are filter functions, which can be various types of filters, for example
stereo widening filters, as shown below.
[0050] The resulting outputs are: 

with a an arbitrary constant (e.g., +1).
[0051] If the filter functions H1, H2, H3 and H4 are chosen properly, the transfer function matrix H can be inverted.
Moreover, to enable computation of the inverse matrix at the decoder side, the filter functions H1, H2, H3 and H4 and
parameters wl and wr should be known at the decoder. This is possible since wl and wr can be calculated from the
transmitted parameters. Thus, the original stereo signal L0, R0 will be available again which is necessary for decoding
of the multi-channel mix.
[0052] Another possibility is to transmit the original stereo signal and apply the post-processing in the decoder to make
improved stereo playback possible without the necessity to determine the multi-channel mix first.
[0053] Below, an embodiment of the post-processing is described in detail. However, the invention is not limited to
the exact details but may be varied within the scope of invention as defined in the appended patent claims.
[0054] The post-processing parameters or weights wl and wr are a function of the transmitted spatial parameters: 

[0055] The function f is designed in such a way that wl increases if the signal L0 contains more energy from the
left-surround signal compared to the left-front or center signals. In a similar way, wr increases with increasing relative
energy of the right-surround signal present in R0. A convenient expression for wl and wr is given by: 
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with 

and 

[0056] For the filter functions H1, H2, H3, and H4 the following exemplary functions are then chosen (in the z-domain): 

[0057] This invention can be integrated in a multi-channel audio encoder apparatus that creates a stereo-compatible
down-mix. The general scheme of such a multi-channel parametric audio encoder which is enhanced by the post-
processing scheme as described above can be outlined as follows:

- Conversion of the multi-channel input signal to the frequency domain, either by segmentation and transform or by
applying a filterbank;

- Extraction of spatial parameters P and generation of a down-mix in the frequency domain;
- Application of the post-processing algorithm in the frequency domain; Conversion of the post-processed signals to

the time domain;
- Encoding the stereo signal using conventional coding techniques, such as defined in MPEG;
- Multiplexing the stereo bit-stream with the encoded parameters P to form a total output bit-stream.

[0058] A corresponding multi-channel decoder apparatus (i.e., a decoder with integrated post-processing inversion)
can be outlined as follows:

- Demultiplexing the parameter bit-stream to retrieve the parameters P and the encoded stereo signal;
- Decoding the stereo signal;
- Conversion of the decoded stereo signal to the frequency domain;
- Applying the post-processing inversion based on the parameters P;
- Upmix from stereo to multi-channel output based on the parameters P;
- Conversion of the multi-channel output to the time domain.

[0059] Since the post-processing and inverse post-processing are performed in the frequency domain, the filter func-
tions H1 to H4 are preferably converted or approximated in the frequency domain by simple (real-valued or complex)
scale factors, which may be frequency dependent.
[0060] Those skilled in the art may understand that one or more processing stages as outlined above may be combined
as a single processing stage.
[0061] Another application of the invention is to apply the post-processing 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.
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[0062] Extra information can be provided in the bit-stream which signals whether or not the post-processing has been
done and the parameter functions f1, f2 and which filter functions H1, H2, H3, and H4 have been used, which enables
inverse post-processing.
[0063] A filter function may be described as a multiplication in the frequency domain. Since parameters are present
for individual frequency bands, the invention may be implemented as simple, complex gains instead of filters, which are
applied individually in different frequency bands. In this case, frequency bands of L0w, R0w are obtained by a simple
(2x2) matrix multiplication from corresponding frequency bands from (L0,R0). The actual matrix entries are determined
by the parameters and frequency domain representations of the filter functions H thus consisting of the time-invariant
gains H and a time/frequency-variant parameter-controlled gains wl and wr. Because the filters are scalars for each
band, inversion is possible.
[0064] The post-processing in the encoder can be described by the following matrix equation: 

where 

[0065] This matrix equation is applied for each frequency band. The matrix H contains of all scalars. The use of scalars
makes post-processing and the inverse post-processing relatively easy.
[0066] The parameters wl and wr are scalars and functions of the parameter set P. These 2 parameters determine
the amount of post-processing of the input channels.
[0067] The parameters H1.....H4 are complex filter functions.
[0068] The inversion of this process can also be done by a simple matrix multiplication per frequency band. The
following equation is applied per frequency band: 

where 

[0069] The matrix H-1 contains only scalars. The elements of H-1, k1...... k4, are also functions of the parameter set P.
When the functions in the matrix H, h11...... h22, and the parameters P are know in the decoder, then the post-processing
can be inverted.
[0070] A block diagram of an inverse post-processor 3 which performs such inverse post-processing is illustrated in
Figure 4.
[0071] This inversion is possible when the determinant of the matrix H is not equal to zero. The determinant of H is
equal to: 
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[0072] When suitable functions h11 ...... h22 are chosen, det(H) will be unequal zero, so the process is invertable.
[0073] It is mentioned that the expression "comprising" does not exclude other elements or steps and that "a" or "an"
does not exclude a plurality of elements. Moreover, reference signs in the claims shall not be construed as limiting the
scope of the claims.
[0074] Although the present invention has been described in connection with some embodiments, it is not intended
to be limited to the specific form set forth herein. Rather, the scope of the present invention is limited only by the
accompanying claims. Additionally, although a feature may appear to be described in connection with particular embod-
iments, one skilled in the art would recognize that various features of the described embodiments may be combined in
accordance with the invention.

Claims

1. A method of processing a stereo signal obtained from an encoder, which encoder encodes an N-channel audio
signal into left and right signals (L0;R0) and spatial parameters (P), the method characterized by comprising:

- processing said left and right signals in order to provide a processed stereo signal (L0w;R0w), in which said
processing is controlled in dependence of said spatial parameters (P).

2. The method of claim 1, wherein said processing is controlled by a first parameter (wl;wr) for each of said left and
right signals, said first parameter being dependent on the spatial parameters (P).

3. The method of claim 2, wherein said first parameter (wl;wr) is a function of time and/or frequency.

4. The method of claim 1, 2 or 3 wherein said processing comprises filtering at least one of said left and right signals
with a transfer function which depends on the spatial parameters (P).

5. The method of claim 1, 2, 3 or 4, wherein said processing comprises:

- adding a first, second and third signal in order to obtain said processed channel signals (L0w;R0w), in which
the first signal includes the stereo signal of one channel modified by a first transfer function (L0*HA;R0*HF),
the second signal includes the stereo signal of the same one channel modified by a second transfer function
(L0*HB;R0*HE) and the third signal includes the stereo signal of the other channel modified by a third transfer
function (R0*HD;L0*HC).

6. The method of claim 5, wherein said second transfer function (HB;HE) comprises a multiplication with said first
parameter (Wl;Wr) followed by multiplication with a first filter function (Hl;H4).

7. The method of claim 5, wherein said first transfer function (HA;HF) comprises a multiplication with a second parameter.

8. The method of claim 5, wherein said first transfer function (HA;HF) comprises a multiplication with a second parameter
in which said first parameter is a function of said second parameter.

9. The method of claim 5, 6, 7 or 8, wherein said third transfer function (HC;HD) comprises a multiplication of the left
or right signal (L0;R0) with said first parameter (Wl;Wr) followed by a second filter function (H2;H3).

10. The method of claim 6, 7, 8 or 9, wherein said filter functions (H1, H2, H3, H4) are time-invariant.

11. The method of any one of the previous claims, wherein said signals are described by the equation: 
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in which the transfer function matrix (H) is a function of the spatial parameters (P).

12. The method of claim 11, wherein said transfer function matrix (H) is described by the equation: 

with a being a constant.

13. The method of claim 12, wherein said filter functions (H1, H2, H3, H4) and parameters (wl, wr) are selected so that
the transfer function matrix (H) is invertible.

14. A method of any one of the previous claims, wherein said spatial parameters (P) contain information describing
signal levels of the N-channel signal.

15. A device for processing a stereo signal obtained from an encoder, which encoder encodes an N-channel audio
signal into left and right signals (L0;R0) and spatial parameters (P), the device characterized by comprising:

- a post-processor (5) for post-processing said left and right signals in order to provide a processed stereo signal
(L0w;R0w), in which said post-processing is controlled in dependence of said spatial parameters (P).

16. An encoder apparatus comprising:

- an encoder (2) for encoding an N-channel audio signal into left and right signals (L0;R0) and spatial parameters
(P), and
- a device (5) according to claim 15 for processing said left and right signals (L0;R0) in dependence of said
spatial parameters (P).

17. A decoder apparatus comprising:

- a device (7) for receiving processed left and right signals (L0w;R0w) and spatial parameters, the processed left
and right signals (L0w;R0w) being left and right signals (L0;R0) processed in dependence on the spatial param-
eters, the left and right signals (L0;R0) and spatial parameters representing an encoding of an N-channel audio
signal,
- means for processing the processed left and right signals (L0w;R0w) ) in response to the spatial parameters
to generate decoder left and right signals (L0;R0), and
- a decoder for decoding the decoder left and right signals (L0;R0) into an N-channel audio signal.

18. The decoder apparatus of claim 17 wherein the means for processing is arranged to invert the processing of the
left and right signals (L0;R0) to generate the processed left and right signals (L0w;R0w).

19. A method of decoding comprising:

- receiving processed left and right signals (L0w;R0w) and spatial parameters, the processed left and right signals
(L0w;R0w) being left and right signals (L0;R0) processed in dependence on the spatial parameters, the left and
right signals (L0;R0) and spatial parameters representing an encoding of an N-channel audio signal;
- processing the processed left and right signals (L0w;R0w) in response to the spatial parameters to generate
decoder left and right signals (L0;R0), and
- decoding the decoder left and right signals (L0;R0) into an N-channel audio signal.
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20. An audio system (1) comprising an encoder apparatus according to claim 16 and a decoder apparatus according
to claim 17.

Patentansprüche

1. Verfahren zum Verarbeiten eines von einem Codierer erhaltenen Stereosignals, wobei dieser Codierer ein N-Kanal
Audiosignal in ein linkes und rechtes Signal (L0;R0) und räumliche Parameter (P) codiert, wobei das Verfahren
dadurch gekennzeichnet ist, dass es Folgendes umfasst:

- das Verarbeiten des genannten linken und rechten Signals zum Schaffen eines verarbeiteten Stereosignals
(Low;R0w), wobei die genannte Verarbeitung in Abhängigkeit von den genannten räumlichen Parametern (P)
gesteuert wird.

2. Verfahren nach Anspruch 1, wobei die genannte Verarbeitung durch einen ersten Parameter (wl,wr) für das genannte
linke sowie rechte Signal gesteuert wird, wobei der genannte erste Parameter von den räumlichen Parametern (P)
abhängig ist.

3. Verfahren nach Anspruch 2, wobei der genannte erste Parameter (wl,wr) eine Funktion der Zeit und/oder der Fre-
quenz ist.

4. Verfahren nach Anspruch 1, 2 oder 3, wobei die genannte Verarbeitung das Filtern wenigstens eines Signals des
genannten linken und rechten Signals mit einer Übertragungsfunktion, die von den räumlichen Parametern (P)
abhängig ist.

5. Verfahren nach Anspruch 1, 2, oder 4, wobei die genannte Verarbeitung Folgendes umfasst:

- das Hinzufügen eines ersten, zweiten und dritten Signals zum Erhalten der genannten verarbeiteten Kanal-
signale (L0w;R0w), wobei das erste Signal das durch eine erste Übertragungsfunktion (L0*HA;R0*HF) modifi-
zierte Stereosignal des einen Kanals enthält, wobei das zweite Signal das durch eine zweite Übertragungs-
funktion (L0*HB;R0*HE) modifizierte Stereosignal desselben einen Kanals enthält und wobei das dritte Signal
das durch eine dritte Übertragungsfunktion (R0*HD;L0*HC) modifizierte Stereosignal des anderen Kanals ent-
hält.

6. Verfahren nach Anspruch 5, wobei die genannte zweite Übertragungsfunktion (HB;HE) eine Multiplikation mit dem
genannten ersten Parameter (Wl;Wr) mit einer nachfolgenden Multiplikation mit einer ersten Filterfunktion (H1;H4)
enthält.

7. Verfahren nach Anspruch 5, wobei die genannte erste Übertragungsfunktion (HA;HF) eine Multiplikation mit einem
zweiten Parameter enthält.

8. Verfahren nach Anspruch 5, wobei die genannte erste Übertragungsfunktion (HA;HF) eine Multiplikation mit einem
zweiten Parameter enthält, wobei der genannte erste Parameter eine Funktion des genannten zweiten Parameters
ist.

9. Verfahren nach Anspruch 5, 6, 7 oder 8, wobei die genannte dritte Übertragungsfunktion (HC;HD) eine Multiplikation
des linken oder rechten Signals (L0;R0) mit dem genannten ersten Parameter (Wl;Wr) mit einer nachfolgenden
zweiten Filterfunktion (H2;H3) enthält.

10. Verfahren nach Anspruch 6, 7, 8 oder 9,wobei die genannten Filterfunktionen (H1, H2, H3, H4) zeitinvariant sind.

11. Verfahren nach einem der vorstehenden Ansprüche, wobei die genannten Signale durch die nachfolgende Gleichung
beschrieben werden: 
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wobei die Übertragungsfunktionsmatrix (H) eine Funktion der räumlichen Parameter (P) ist.

12. Verfahren nach Anspruch 11, wobei die genannte Übertragungsfunktionsmatrix (H) durch die nachfolgende Glei-
chung beschrieben wird:

wobei a eine Konstante ist.

13. Verfahren nach Anspruch 12, wobei die genannten Filterfunktionen (H1 H2, H3, H4) und Parameter (wl, wr) derart
gewählt werden, dass die Übertragungsfunktionsmatrix (H) invertierbar ist.

14. Verfahren nach einem der vorstehenden Ansprüche, wobei die räumlichen Parameter (P) Information enthält, die
Signalpegel des N-Kanal Signals beschreibt.

15. Anordnung zum Verarbeiten eines von einem Codierer erhaltenen Stereosignals, wobei dieser Codierer ein N-Kanal
Audiosignal in ein linkes und rechtes Signal (L0;R0) und räumliche Parameter (P) codiert, wobei die Anordnung
dadurch gekennzeichnet ist, dass sie Folgendes enthält:

- einen Nachprozessor (5) zur Nachverarbeitung des genannten linken und rechten Signals zum Schaffen eines
verarbeiteten Stereosignals (L0w;R0w) wobei die genannte Nachverarbeitung in Abhängigkeit von den genannten
räumlichen Parametern (P) gesteuert wird.

16. Codier-Anordnung, die Folgendes enthalt:

- einen Codierer (2) zum Codieren eines N-Kanal Audiosignals in ein linkes und rechtes Signal (L0;R0) und
räumliche Parameter (P), und
- eine Anordnung (5) nach Anspruch 15 zum Verarbeiten des genannten linken und rechten Signals (L0;R0) in
Abhängigkeit von den genannten räumlichen Parametern (P).

17. Decodier-Anordnung, die Folgendes enthält:

- eine Anordnung (7) zum Empfangen des verarbeiteten linken und rechten Signals (L0w;R0w) und der räumlichen
Parameter, wobei das verarbeitete linke und rechte Signal (L0w;R0w) das in Abhängigkeit von den räumlichen
Parametern verarbeitete linke und rechte Signal (L0;R0) ist, wobei das linke und rechte Signal (L0;R0) und die
räumlichen Parameter eine Codierung eines N-Kanals Audiosignals darstellen,
- Mittel zum Verarbeiten des verarbeiteten linken und rechten Signals (L0w;R0w) in Reaktion auf die räumlichen
Parameter zum Erzeugen des linken und rechten Decoder-Signals (L0;R0), und
- einen Decoder zum Decodieren des linken und rechten Decoder-Signals (L0;R0) in ein N-Kanals Audiosignal.

18. Decodier-Anordnung nach Anspruch 17, wobei die Mittel zum Verarbeiten zum Umkehren der Verarbeitung des
linken und rechten Signals (L0;R0), dies zum Erzeugen des verarbeiteten linken und rechten Signals (L0w;R0w)
vorgesehen sind.

19. Verfahren zum Decodieren, das Folgendes umfasst:

- das Empfangen eines verarbeiteten linken und rechten Signals (L0w;R0w) und räumlicher Parameter, wobei
das verarbeitete linke und rechte Signal (L0w;R0w) das in Abhängigkeit von den räumlichen Parametern verar-
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beitete linke und rechte Signal (L0;R0) ist, wobei das linke und rechte Signal (L0;R0) und die räumlichen Parameter
eine Codierung eines N-Kanals Audiosignals darstellen;
- das Verarbeiten des verarbeiteten linken und rechten Signals (L0w;R0w) in Reaktion auf die räumlichen Para-
meter zum Erzeugen des linken und rechten Decoder-Signals (L0;R0), und
- das Decodieren des linken und rechten Decoder-Signals (L0;R0) in ein N-Kanal Audiosignal.

20. Audiosystem (1) mit einer Codier-Anordnung nach Anspruch 16 und einer Decodier-anordnung nach Anspruch 17.

Revendications

1. Procédé de traitement d’un signal stéréo qui est obtenu à partir d’un codeur, lequel codeur code un signal audio du
type à canal N en des signaux gauche et droit (L0 ; R0) et des paramètres spatiaux (P), le procédé étant caractérisé
en ce qu’il comprend :

- le traitement desdits signaux gauche et droit afin de fournir un signal stéréo traité (L0w ; R0w), dans lequel ledit
traitement est commandé en fonction desdits paramètres spatiaux (P).

2. Procédé selon la revendication 1, dans lequel ledit traitement est commandé par un premier paramètre (wl ; wr)
pour chacun desdits signaux gauche et droit, ledit premier paramètre étant dépendant des paramètres spatiaux (P).

3. Procédé selon la revendication 2, dans lequel ledit premier paramètre (wl ; wr) est une fonction du temps et/ou de
la fréquence.

4. Procédé selon la revendication 1, 2 ou 3, dans lequel ledit traitement comprend le filtrage d’au moins un desdits
signaux gauche et droit avec une fonction de transfert qui dépend des paramètres spatiaux (P).

5. Procédé selon la revendication 1, 2, 3 ou 4, dans lequel ledit traitement comprend l’étape suivante consistant à :

- ajouter un premier, un deuxième et un troisième signal afin d’obtenir lesdits signaux de canal traités (L0w ;
R0w), dans lequel le premier signal comprend le signal stéréo d’un canal qui est modifié par une première
fonction de transfert (L0*HA ; R0*HF), le deuxième signal comprend le signal stéréo du même canal qui est
modifié par une deuxième fonction de transfert (L0*HB ; R0*HE) et le troisième signal comprend le signal stéréo
de l’autre canal qui est modifié par une troisième fonction de transfert (R0*HD ; L0*HC).

6. Procédé selon la revendication 5, dans lequel ladite deuxième fonction de transfert (HB ; HE) comprend une multi-
plication par ledit premier paramètre (W1 ; Wr) qui est suivie d’une multiplication par une première fonction de filtre
(H1 ; H4).

7. Procédé selon la revendication 5, dans lequel ladite première fonction de transfert (HA ; HF) comprend une multi-
plication par un deuxième paramètre.

8. Procédé selon la revendication 5, dans lequel ladite première fonction de transfert (HA ; HF) comprend une multi-
plication par un deuxième paramètre où ledit premier paramètre est une fonction dudit deuxième paramètre.

9. Procédé selon la revendication 5, 6, 7 ou 8, dans lequel ladite troisième fonction de transfert (HC ; HD) comprend
une multiplication du signal gauche ou droit (L0 ; R0) par ledit premier paramètre (W1 ; Wr) qui est suivie d’une
deuxième fonction de filtre (H2 ; H3).

10. Procédé selon la revendication 6, 7, 8 ou 9, dans lequel lesdites fonctions de filtre (H1, H2, H3, H4) sont invariantes
dans le temps.

11. Procédé selon l’une quelconque des revendications précédentes 1 à 10, dans lequel lesdits signaux sont décrits
par l’équation : 



EP 1 735 779 B1

14

5

10

15

20

25

30

35

40

45

50

55

dans laquelle la matrice de fonction de transfert (H) est une fonction des paramètres spatiaux (P).

12. Procédé selon la revendication 11, dans lequel ladite matrice de fonction de transfert (H) est décrite par l’équation : 

avec a étant une constante.

13. Procédé selon la revendication 12, dans lequel lesdites fonctions de filtre (H1, H2, H3, H4) et lesdits paramètres
(w1 ; wr) sont sélectionnés de telle façon que la matrice de fonction de transfert (H) soit inversible.

14. Procédé selon l’une quelconque des revendications précédentes 1 à 13, dans lequel lesdits paramètres spatiaux
(P) contiennent de l’information qui décrit des niveaux de signal du signal du type à canal N.

15. Dispositif étant destiné à traiter un signal stéréo qui est obtenu à partir d’un codeur, lequel codeur code un signal
audio du type à canal N en des signaux gauche et droit (L0 ; R0) et des paramètres spatiaux (P), le dispositif étant
caractérisé en ce qu’il comprend :

- un post-processeur (5) pour le traitement ultérieur desdits signaux gauche et droit afin de fournir un signal
stéréo traité (L0w; R0w) où ledit traitement ultérieur est commandé en fonction desdits paramètres spatiaux (P).

16. Appareil de codage comprenant :

- un codeur (2) pour coder un signal audio du type à canal N en des signaux gauche et droit (L0 ; R0) et des
paramètres spatiaux (P) ; et
- un dispositif (5) selon la revendication 15 pour traiter lesdits signaux gauche et droit (L0 ; R0) en fonction
desdits paramètres spatiaux (P).

17. Appareil de décodage comprenant :

- un dispositif (7) qui est destiné à recevoir des signaux gauche et droit traités (L0w; R0w) et des paramètres
spatiaux, les signaux gauche et droit traités (L0w; R0w) étant des signaux gauche et droit (L0 ; R0) qui sont traités
en fonction des paramètres spatiaux, les signaux gauche et droit (L0 ; R0) et les paramètres spatiaux représentant
un codage d’un signal audio du type à canal N ;
- des moyens pour traiter les signaux gauche et droit traités (L0w; R0w) en réponse aux paramètres spatiaux
de manière à générer des signaux gauche et droit de décodage (L0 ; R0) ; et
- un décodeur qui est destiné à décoder les signaux gauche et droit de décodage (L0 ; R0) en un signal audio
du type à canal N.

18. Appareil de décodage selon la revendication 17, dans lequel les moyens pour le traitement sont agencés de manière
à inverser le traitement des signaux gauche et droit (L0 ; R0) afin de générer les signaux gauche et droit traités (L0w;
R0w).

19. Procédé de décodage comprenant les étapes suivantes consistant à :

- recevoir des signaux gauche et droit traités (L0w; R0w) et des paramètres spatiaux, les signaux gauche et droit
traités (L0w; R0w) étant des signaux gauche et droit (L0 ; R0) qui sont traités en fonction des paramètres spatiaux,
les signaux gauche et droit (L0 ; R0) et les paramètres spatiaux représentant un codage d’un signal audio du
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type à canal N ;
- traiter les signaux gauche et droit traités (L0w; R0w) en réponse aux paramètres spatiaux de manière à générer
des signaux gauche et droit de décodage (L0 ; R0) ; et
- décoder les signaux gauche et droit de décodage (L0 ; R0) en un signal audio du type à canal N.

20. Système audio (1) comprenant un appareil de codage selon la revendication 16 et un appareil de décodage selon
la revendication 17.
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