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Description

�[0001] The invention relates to a method of encoding a multi-�channel audio signal, an encoder for encoding a multi-
channel audio signal, an apparatus for supplying an audio signal, an encoded audio signal, a storage medium on which
the encoded audio signal is stored, a method of decoding an encoded audio signal, a decoder for decoding an encoded
audio signal, and an apparatus for supplying a decoded audio signal.
�[0002] EP-�A-�1107232 discloses a parametric coding scheme to generate a representation of a stereo audio signal
which is composed of a left channel signal and a right channel signal. To efficiently utilize transmission bandwidth, such
a representation contains information concerning only a monaural signal which is either the left channel signal or the
right channel signal, and parametric information. The other stereo signal can be recovered based on the monaural signal
together with the parametric information. The parametric information comprises localization cues of the stereo audio
signal, including intensity and phase characteristics of the left and the right channel.
�[0003] The publication "Subband Coding of Stereophonic Digital Audio Signals" of R. van der Waal, R. Veldhuis,
Philips Research Laboratories, in IEEE, 1991, vol. 2 pages 3601-3604 (ISBN: 0-7803-0003-3) discloses a sub-�band
coding algorithm. In sub-�band coding algorithms, the frequency spectrum to be coded is divided into non-�overlapping
sub-�bands. The coding is performed per sub- �band. The coding per sub- �band includes a rotational transformation.
�[0004] Prior solutions in audio coders that have been suggested to reduce the bit rate of stereo program material
include intensity stereo and M/S stereo.
�[0005] In the intensity stereo algorithm, high frequencies (typically above 5 kHz) are represented by a single audio
signal (i.e., mono) combined with time-�varying and frequency- �dependent scale factors or intensity factors which allow
to recover an decoded audio signal which resembles the original stereo signal for these frequency regions. In the M/S
algorithm, the signal is decomposed into a sum (or mid, or common) signal and a difference (or side, or uncommon)
signal. This decomposition is sometimes combined with principle component analysis or time-�varying scale factors.
These signals are then coded independently, either by a transform coder or sub-�band coder [which are both waveform
coders]. The amount of information reduction achieved by this algorithm strongly depends on the spatial properties of
the source signal. For example, if the source signal is monaural, the difference signal is zero and can be discarded.
However, if the correlation of the left and right audio signals is low (which is often the case for the higher frequency
regions), this scheme offers only little bit rate reduction. For the lower frequency regions M/S coding generally provides
significant merit.
�[0006] Parametric descriptions of audio signals have gained interest during the last years, especially in the field of
audio coding. It has been shown that transmitting (quantized) parameters that describe audio signals requires only little
transmission capacity to resynthesize a perceptually equal signal at the receiving end. However, current parametric
audio coders focus on coding monaural signals, and stereo signals are processed as dual mono signals.
�[0007] It is an object of the invention to provide a parametric multi-�channel audio system which is able to scale the
quality of the encoded audio signal with the available bit rate or to scale the quality of the decoded audio signal with the
complexity of the decoder or the available transmission bandwidth.
�[0008] A first aspect of the invention provides a method of encoding a multi-�channel audio signal as claimed in claim
1. A second aspect of the invention provides an encoder for encoding a multi-�channel audio signal as claimed in claim
13. A third aspect of the invention provides an encoded audio signal as claimed in claim 16. A fourth aspect of the
invention provides a storage medium on which the encoded signal is stored is claimed in claim 17. A fifth aspect of the
invention provides a method of decoding as claimed in claim 18. A sixth aspect of the invention provides a decoder for
decoding an encoded audio signal as claimed in claim 19. Advantageous embodiments are defined in the dependent
claims.
�[0009] In the method of encoding a multi- �channel audio signal in accordance with the first aspect of the invention, a
single channel audio signal is generated. Further, information is generated from the multi-�channel audio signal allowing
recovering, with a required quality level, the multi- �channel audio signal from the single channel audio signal and the
information. Preferably, the information comprises sets of parameters, for example, as known from EP-�A-�1107232.
�[0010] In accordance with the first aspect of the invention, the information is generated by determining a first portion
of the information for a first frequency region of the multi-�channel audio signal, and by determining a second portion of
the information for a second frequency region of the multi-�channel audio signal. The second frequency region is a portion
of the first frequency region and thus is a sub-�range of the first frequency region. Now, two levels of quality of decoding
are possible. For a low quality level of the decoded multi-�channel audio signal, the decoder uses the encoded single
channel audio signal, and the first portion of the information. For a higher quality level, the decoder uses the encoded
single channel audio signal, and both the first and the second portion of the information. Of course, it is possible to select
the decoding quality out of a multitude of levels if a multitude of portions of information each being associated with a
different frequency region are present. For example, the first portion may comprise a single set of parameters determined
within a frequency region which covers the full bandwidth of the multi- �channel audio signal. And the second portion may
comprise several sets of parameters, each set of parameters being determined for a sub-�range or portion of the full
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bandwidth. Together, the portions preferably cover the full bandwidth.
�[0011] This representation of the encoded audio signal allows a quality of the decoded audio signal to depend on the
complexity of the decoder. For example, in a simple portable decoder a low complexity decoder may be used which has
a low power consumption and which is therefore able to use only part of the information. In a high end application, a
complex decoder is used which uses all the information available in the coded signal.
�[0012] The quality of the decoded audio can also depend on the available transmission bandwidth. If the transmission
bandwidth is high the decoder can decode all available layers, since they are all transmitted. If the transmission bandwidth
is low the transmitter can decide to only transmit a limited number of layers.
�[0013] In an embodiment as defined in claim 2, the encoder receives a maximum allowable bit rate of the encoded
multi- �channel audio signal. This maximum allowable bit rate may be defined by the available bit rate of a transmission
channel such as Internet, or of a storage medium. In applications wherein the transmission bandwidth is variable and
thus the maximum allowable bit rate changes in time, it is important to be able to adapt to these fluctuations of the
transmission bandwidth to prevent a very low quality of the decoded audio signal. Normally, the encoder encodes all
available layers. It is decided at the transmitting-�end what layers to transmit, depending on the available channel capacity.
It is possible to do this with the encoder in the loop, but this is more complicated that just stripping some layers prior to
transmission.
�[0014] The encoder only adds the second portion of the information for the second frequency region of the multi-
channel audio signal to the encoded audio signal if a bit rate of the encoded multi-�channel audio signal which comprises
the single channel audio signal, and the first and second portion of the information is not higher than the maximum
allowable bit rate. Thus, the second portion is not present in the coded audio signal if the transmission bandwidth is not
large enough to support the transmission of the second portion.
�[0015] In an embodiment as defmed in claim 3, the information comprises sets of parameters, each one of the portions
of the information is represented by one or more sets of parameters. The number of sets of parameters depending on
the number of frequency regions present in the portions of the information.
�[0016] In an embodiment as defined in claim 4, the sets of parameters comprise at least one of the localization cues.
�[0017] In an embodiment as defined in claim 6, the first frequency region substantially covers the full bandwidth of the
multi- �channel audio signal. In this way, one set of parameters suffices to provide the basic information required to decode
the single channel audio signal into the multi-�channel audio signal. In this way a basic level of quality of the decoded
audio signal is guaranteed. The second frequency range covers part of the full bandwidth. In this way, the second portion
when present in the coded audio signal improves the quality of the decoded audio signal in this frequency range.
�[0018] In an embodiment as defined in claim 7, the second portion of the information comprises at least two frequency
ranges which together substantially cover the full bandwidth of the multi-�channel audio signal. In this way, the quality
improvement provided by the second portion is present over the complete bandwidth.
�[0019] In an embodiment as defined in claim 8, the base layer which comprises the single channel audio signal and
the first portion of the information is always present in the encoded audio signal. The enhancement layer which comprises
the second portion of the information is encoded only if the bit rate of the encoded audio signal does not exceed the
maximally allowable bit rate. In this way, the quality of the decoded audio signal will depend on the maximally allowable
bit rate. If the maximally allowable bit rate is too low to accommodate the enhancement layer, the decoded audio signal
will be obtained from the base layer which will produce a better quality of the decoded audio than will be the case if
unpredictable parts of the coded audio will not reach the decoder.
�[0020] In the embodiments as defined in any one of the claims 9 to 11, the portions of the information (usually containing
sets of parameters, one set for each frequency band represented) in a next frame are coded based on the parameters
of the previous frame. Usually, this reduces the bit rate of the encoded portions of the information, because, due to
correlation, the information in two successive frames will not differ substantially.
�[0021] In the embodiments as defined in claim 12, the difference of the parameters of two successive frames is coded
instead of the parameters itself.
�[0022] These and other aspects of the invention are apparent from and will be elucidated with reference to the em-
bodiments described hereinafter.
�[0023] In the drawings: �

Fig. 1 shows a block diagram of a multi-�channel encoder for stereo audio,
Fig. 2 shows a block diagram of a multi-�channel decoder for stereo audio,
Fig. 3 shows a representation of the encoded data stream,
Fig. 4 shows an embodiment of the frequency ranges in accordance with the invention,
Fig. 5 shows another embodiment of the frequency ranges in accordance with the invention,
Fig. 6 shows the determination of the sets of parameters based on parameters in a previous frame in accordance
with an embodiment of the invention,
Fig. 7 shows a set of parameters,
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Fig. 8 shows the differential determination of the parameters of the base layer, and
Fig. 9 shows the differential determination of the parameters corresponding to a frequency region of an enhancement
layer.

�[0024] Fig. 1 shows a block diagram of a multi- �channel encoder. The encoder receives a multi- �channel audio signal
which is shown as a stereo signal RI, LI and the encoder supplies the encoded multi-�channel audio signal EBS.
�[0025] The down mixer 1 combines the stereo signal or stereo channels RI, LI into a single channel audio signal (also
referred to as monaural signal) SC. For example, the down mixer 1 may determine the average of the input audio signals
RI, LI.
�[0026] The encoder 3 encodes the monaural signal SC to obtain an encoded monaural signal ESC. The encoder 3
may be of a known kind, for example, an MPEG coder (MPEG- �LII, MPEG-�LIII (mp3), or MPEG2- �AAC).
�[0027] The parameter determining circuit 2 determines the sets of parameters S1, S2, ... characterizing the information
INF based on the input audio signals RI, LI. Optionally, the parameter determining circuit 2 receives the maximum
allowable bit rate MBR to only determine the parameter sets S1, S2, ... which when coded by the parameter coder 4,
together with the encoded monaural signal ESC do not exceed the maximum allowable bit rate MBR. The encoded
parameters are denoted by EIN.
�[0028] The formatter 5 combines the encoded monaural signal SC and the encoded parameters EIN in a data stream
in a desired format to obtain the encoded multi-�channel audio signal EBS.
�[0029] The operation of the encoder is elucidated in more detail in the now following, by way of example, with respect
to an embodiment. The multi-�channel audio signal LI, RI is encoded in a single monaural signal SC (further also referred
to as single channel audio signal). The parameterization of spatial attributes of the multi-�channel audio signals LI, RI is
performed by the parameter determining circuit 2. The parameters contain information on how to restore the multi-
channel audio signal LI, RI from the monaural signal SC. The parameters are usually encoded by the parameter encoder
4 before combining them with the encoded single monaural signal ESC. Thus, for general audio coding applications,
these parameters combined with only one monaural audio signal are transmitted or stored. The combined coded signal
is the encoded multi- �channel audio signal EBS. The transmission or storage capacity necessary to transmit or store the
encoded multi-�channel audio signal EBS is strongly reduced compared to audio coders that process the multi-�channels
independently. Nevertheless, the original spatial impression is maintained by the information INF which contains the
(sets of) parameters.
�[0030] In particular, the parametric description of multi-�channel audio RI, LI is related to a binaural processing model
which aims at describing the effective signal processing of the binaural auditory system.
�[0031] The model splits the incoming audio LI, RI into several band-�limited signals, which, preferably, are spaced
linearly at an ERB- �rate scale. The bandwidth of these signals depends on the center frequency, following the ERB-�rate.
Subsequently, preferably, for every frequency band, the following properties of the incoming signals are analyzed:�

- The interaural level difference, or ILD, defined by the relative levels of the band-�limited signal stemming from the
left and right ears,

- The interaural time (or phase) difference ITD (or IPD), defined by the interaural delay (or phase shift) corresponding
to the peak in the interaural cross-�correlation function, and

- The (dis)�similarity of the waveforms that can not be accounted for by ITDs or ILDs, which can be parameterized by
the maximum interaural cross- �correlation IC (for example, the value of the cross-�correlation at the position of the
maximum peak).

�[0032] The sets S1, S2, ... of the three parameters, one set for each frequency band FR1, FR2, ..., vary over time.
However, since the binaural auditory system is very sluggish in its processing, the update rate of these properties is
rather low (typically tens of milliseconds).
�[0033] It may be assumed that the (slowly) time- �varying parameters are the only spatial signal properties that the
binaural auditory system has available, and that from these time and frequency dependent parameters, the perceived
auditory world is reconstructed by higher levels of the auditory system.
�[0034] Fig. 2 shows a block diagram of a multi-�channel decoder. The decoder receives the encoded multi- �channel
audio signal EBS and supplies the recovered decoded multi-�channel audio signal which is shown as a stereo signal RO,
LO.
�[0035] The deformatter 6 retrieves the encoded monaural signal ESC’ and the encoded parameters EIN’ from the
data stream EBS. The decoder 7 decodes the encoded monaural signal ESC’ into the output monaural signal SCO. The
decoder 7 may be of any known kind (of course matched to the encoder that has been used), for example, the decoder
7 is an MPEG decoder. The decoder 8 decodes the encoded parameters EIN’ into output parameters INO.
�[0036] The demultiplexer 9 recovers the output stereo audio signals LO and RO by applying the parameter sets S1,
S2, ... of the output parameters INO on the output monaural signal SCO.



EP 1 500 083 B1

5

5

10

15

20

25

30

35

40

45

50

55

�[0037] Fig. 3 shows a representation of the encoded data stream. For example, in each frame F1, F2, ..., the data
package starts with a header H followed by the coded monaural signal ECS now indicated by A, a first portion P1 of the
encoded information EIN, a second portion P2 of the encoded information EIN, and a third portion P3 of the encoded
information EIN.
�[0038] If the frame F1, F2, ... only comprises the header H and the coded monaural signal ECS, only the monaural
signal SC is transmitted.
�[0039] As disclosed in EP-�A-�1107232, the full frequency band in which the input audio signal occurs is divided into a
plurality of sub- �frequency bands, which together cover the full frequency band. In the terminology in accordance with
the invention, the multi-�channel information INF is encoded in a plurality of parameter sets S1, S2,... one set for each
sub-�frequency band FR1, FR2, .... This plurality of parameter sets S1, S2,... is coded in the first portion P1 of the encode
information EIN. Thus, to transmit a basic level quality multi-�channel audio signal, the bit stream comprises the header
H, the portion A which is the coded monaural signal ECS and the first portion P1.
�[0040] In the bit stream in accordance with an embodiment of the invention, the first portion P1 consists of a single
set parameters S1, only. The single set being determined for the full bandwidth FR1. This bit stream which comprises
the header H and the portions A and P1 provides a basic layer of quality, indicated by BL in Fig. 3.
�[0041] To support an enhanced quality, further portions P2, P3 of the coded information EIN are present in the bit
stream. These further portions form an enhancement layer EL. The bit stream may comprise a single further portion P2
or more than 1 further portion. The further portion P2 preferably comprises a plurality of sets S2, S3,... of parameters,
one set for each sub- �frequency band FR2, FR3, ..., the sub- frequency bands FR2, FR3, ... preferably covering the full
frequency band FR1. The enhanced quality may also be present in a step-�wise manner, a first enhancement level is
provided by the enhancement layer EL1 which comprises the first portion. And a second enhancement layer EL comprises
the first enhancement layer EL1 and the second enhancement layer EL2 which comprises the portion P3.
�[0042] The further portion P2 may also comprise a single set S2 of parameters corresponding to a single frequency
band FR2 which is a sub-�band of the full frequency band FR1. The further portion P2 may also comprise a number of
sets of parameters S2, S3, ... which correspond to frequency bands FR2, FR3, ... which together do not cover the
complete full frequency band FR1.
�[0043] The further portion P3 preferably contains parameter sets for frequency bands which sub- �divide at least one
of the sub- �bands of the further portion P2.
�[0044] This format of the bit stream in accordance with the invention allows at the transmission channel, or at the
decoder to scale the quality of the decoded audio signal with the bit rate of the transmission channel, or the decoding
complexity of the decoder. For example, if the audio decoder should have a low power consumption, as is important in
portable applications, the decoder may have a low complexity and only uses the portions H, A and P1. It would even be
possible that the decoder is able to perform more complex operations at a higher power consumption if the user indicates
that he desires a higher quality of the decoded audio.
�[0045] It is also possible that the encoder is aware of the maximum allowable bit rate MBR which may be transmitted
via the transmission channel or which may be stored on a storage medium. Now, the encoder is able to decide on how
many, if any, further portions P1, P2, ... fit within the maximum allowable bit rate MBR. The encoder codes only these
allowable portions P1, P2, ... in the bit stream.
�[0046] Fig. 4 shows an embodiment of the frequency ranges in accordance with the invention. In this embodiment,
the frequency band FR1 is equal to the full bandwidth FBW of the multi-�channel audio signal LI, RI, and the frequency
band FR2 is a sub- �frequency band of the full bandwidth FBW.
�[0047] If these are the only frequency ranges for which parameter sets S1, S2, ... are determined, a single parameter
set S1 is determined for the frequency band FR1 and is present in the portion P1, and a single parameter set S2 is
determined for the frequency band FR2 and is present in the portion P2. The quality scaling is possible by either using
or not using the portion P2.
�[0048] Fig. 5 shows another embodiment of the frequency ranges in accordance with the invention. In this embodiment,
the frequency band FR1 is again equal to the full bandwidth FBW, and the sub-�frequency bands FR2 and FR3 together
cover the full bandwidth FBW. Or said in other words, the frequency band FR1 is subdivided into the sub-�frequency
bands FR2 and FR3.
�[0049] If these are the only frequency ranges for which parameter sets S1, S2 , ... , are determined, the portion P1
comprises a single parameter set S1 determined for the frequency band FR1, and the portion P2 comprises two parameter
sets S2 and S3 determined for the frequency band FR2 and FR3, respectively. The quality scaling is possible by either
using or not using the portion P2.
�[0050] Fig. 6 shows the determination of the sets of parameters based on parameters in a previous frame in accordance
with an embodiment of the invention.
�[0051] Fig. 6 shows a data stream which comprises in each frame F1, F2, ... the coded information EIN which comprises
the portion P1 which is part of the base layer BL and the portion P2 which forms the enhancement layer EL.
�[0052] In the frame F1, the portion P1 comprises a single set of parameters S1 which are determined for the full
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bandwidth FR1. The portion P2, by way of example, comprises four sets of parameters S2, S3, S4, S5 which are
determined for the sub-�frequency bands FR2, FR3, FR4, FR5, respectively. The four sub- �frequency bands FR2, FR3,
FR4, FR5 sub-�divide the frequency band FR1.
�[0053] In the frame F2 which succeeds the frame F1, the portion P1 comprises a single set of parameters S1’ which
are determined for the full bandwidth FR1 and are part of the base layer BL’. The portion P2 comprises four sets of
parameters S2’, S3’, S4’, S5’ which are again determined for the sub-�frequency bands FR2, FR3, FR4, FR5, respectively
and which form the enhancement layer EL’.
�[0054] It is possible to code each of the sets of parameters S1, S2, ... for each one of the frames F1, F2, ... separately.
It is also possible to code the sets of parameters of the portion P2 with respect to the parameters of the portion P1. This
is indicated by the arrows starting at S1 and ending at S2 to S5 in the frame F1. Of course this is also possible in the
other frames F2, ... (not shown). In the same manner, it is possible to code the set of parameters S1’ with respect to S1.
And finally, the sets of parameters S2’, S3’, S4’, S5’ may be coded with respect to the sets of parameters S2, S3, S4, S5.
�[0055] In this manner, the bit rate of the encoded information EIN can be reduced as the redundancy or correlation
between sets of parameters Si is used.
�[0056] Preferably, the new parameters of the new sets of parameters S1’, S2’, S3’, S4’, S5’ are coded as the difference
of their value and the value of the parameters of the previous sets of parameters S1, S2, S3, S4, S5.
�[0057] At regular time intervals, at least the parameter set S1 has to be coded absolutely and not differential to prevent
errors to propagate too long.
�[0058] Fig. 7 shows a set of parameters. Each set of parameters Si may comprise one or more parameters. Usually
the parameters are localization cues which provide information about the localization of sound objects in the audio
information. Usually the localization cues are the interaural level difference ILD, the interaural time or phase difference
ITD or IPD, and the interaural cross- �correlation IC. More detailed information on these parameters is provided in the
Audio Engineering Society Convention Paper 5574 "Binaural Cue Coding Applied to Stereo and Multi-�channel Audio
Compression" presented at the 112th Convention 2002 May 10-13 Munich, Germany, by Christof Faller et al.
�[0059] Fig. 8 shows the differential determination of a parameter of the base layer. The horizontal axis indicates
successive frames F1 to F5. The vertical axis shows the value PVG of a parameter of the set of parameters S1 of the
base layer BL. This parameter has the values A1 to A5 for the frames F1 to F5 respectively. The contribution of this
parameter to the bit rate of the coded information EIN will decrease if not the actual values A2 to A5 of the parameter
are coded but the smaller differences D1, D2 ,....
�[0060] Fig. 9 shows the differential determination of the parameters corresponding to a frequency region of an en-
hancement layer. The horizontal axis indicates two successive frames F1 and F2. The vertical axis indicates the values
of a particular parameter of the base layer BL and the enhancement layer EL. In this example, the base layer BL comprises
the portion P1 of information INF with a single set of parameters determined for the full frequency range FBW, the
particular parameter of the portion P1 has the value A1 for the frame F1 and A2 for the frame F2. The enhancement
layer EL comprises the portion P2 of information INF with three sets of parameters determined for three respective
frequency ranges FR2, FR3, FR4 which together fill the full frequency range FBW. The three particular parameters (for
example, the parameter representing the ILD) have a value B11, B12, B13 in the frame F1 and a value B21, B22, B23
in the frame F2.
�[0061] The contribution of these parameters to the bit rate of the coded information EIN will decrease if not the actual
values B11 to B23 of the particular parameter are coded but the differences D11, D12,..., because these differences
can be encoded more efficiently than the actual values.
�[0062] To summarize, in a preferred embodiment in accordance with the invention, it is proposed to organize the
stereo parameter information INF such that a base layer BL contains one set of parameters (preferably the time/�level
difference and the correlation) S1 which is determined for the full bandwidth FBW of the multi-�channel audio signal LI,
RI. The enhancement layer EL contains multiple sets of parameters S2, S3, ... which correspond to subsequent frequency
intervals FR2, FR3, ... within the full bandwidth FBW. For bit-�rate efficiency, the sets of parameters S2, S3, ... in the
enhancement layer EL can be differentially encoded with respect to the set of parameters S1 in the base layer BL.
�[0063] The information INF is encoded in a multi- �layered manner to enable a scaling of the decoding quality versus
bit rate.
�[0064] To conclude, in the now following, an preferred embodiment in accordance with the invention is elucidated with
respect to program code and its elucidation.
�[0065] First, for all subframes (the portions P1, P2, ...) in the frames F1, F2,... the data ESC for the monaural repre-
sentation SC, the data EIN for the set of stereo parameters S1 for the full bandwidth FBW, and the stereo parameters
S2, S3, ... for the frequency bins (or regions) FR2, FR3,... is determined.
�[0066] The program code is shown at the left hand side, and an elucidation of the program code is provided under
description at the right hand side.�
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�[0067] Secondly, depending on the value of the bit refresh_�stereo the stereo parameters for the full bandwidth are
coded absolutely (the actual value is coded) or the difference with previous values is coded. The following code is valid
for the interaural level difference ILD.�
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�[0068] Thirdly, depending on the value of the bit refresh_�stereo the stereo parameters for all of the frequency bins
are coded absolutely (the actual value is coded) or the difference with the corresponding parameters for the full bandwidth
is coded. The following code is valid for the interaural level difference ILD.�
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�[0069] Wherein:
�[0070] The term "refresh_�stereo" is a flag denoting whether or not the stereo parameters should be refreshed (0 =
FALSE, 1 = TRUE).
�[0071] The term "ild_ �global �[sf]" represents the Huffman encoded absolute representation level of the ILD for the whole
frequency area for frame f.
�[0072] The term "ild_ �global_ �diff �[f]" represents the Huffman encoded relative representation level of the ILD for the
whole frequency area for frame f.
�[0073] The term "ild_�bin�[f, b]" represents the Huffman encoded absolute representation level of the ILD for frame f
and bin b.
�[0074] The term "ild_ �bin_ �diff�[f, b]" represents the Huffman encoded relative representation level of the ILD for frame
f and bin b.
�[0075] It should be noted that the above-�mentioned embodiments illustrate rather than limit the invention, and that
those skilled in the art will be able to design many alternative embodiments without departing from the scope of the
appended claims.
�[0076] Although the invention is elucidated in the Figs. with respect to a stereo signal, the extension to a more than
two channel audio signal can easily be accomplished by the skilled person.
�[0077] In the claims, any reference signs placed between parentheses shall not be construed as limiting the claim.
The word "comprising" does not exclude the presence of elements or steps other than those listed in a claim. The
invention can be implemented by means of hardware comprising several distinct elements, and by means of a suitably
programmed computer. In the device claim enumerating several means, several of these means can be embodied by
one and the same item of hardware. The mere fact that certain measures are recited in mutually different dependent
claims does not indicate that a combination of these measures cannot be used to advantage.
�[0078] In summary, multi-�channel audio signals are coded into a monaural audio signal and information allowing to
recover the multi- �channel audio signal from the monaural audio signal and the information. The information is generated
by determining a first portion of the information for a first frequency region of the multi- �channel audio signal, and by
determining a second portion of the information for a second frequency region of the multi-�channel audio signal. The
second frequency region is a portion of the first frequency region and thus is a sub-�range of the first frequency region.
The information is multi-�layered enabling a scaling of the decoding quality versus bit rate.

Claims

1. A method of encoding a multi-�channel audio signal comprising at least two audio channels (RI, LI), the method
comprising, �
generating (1) a single channel audio signal (SC) comprising a particular combination of the at least two audio
channels (RI, LI), and encoding the single channel audio signal (SC) into a bit stream (EBS) as an encoded single
channel audio signal (ESC),�
generating (2) information (INF) from the at least two audio channels (RI, LI) allowing to recover with a required
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quality level the multi-�channel audio signal from the single channel audio signal (SC) and the information (INF), the
generating (2) of the information comprising : �

- determining (2) a first portion of the information (P1) consisting of a single set of parameters (S1) determined
for a first frequency region (FR1) of the multi-�channel audio signal, and encoding the first portion of the information
(P1) into the bit stream (EBS) as an encoded first portion of the information (EIN), and
- determining (2) a second portion of the information (P2) for a second frequency region (FR2) of the multi-
channel audio signal, the second frequency region (FR2) being a portion of the first frequency region (FR1),
and encoding the second portion of the information (P2) into the bit stream (EBS) as an encoded second portion
of the information (EIN).

2. A method of encoding a multi- �channel audio signal as claimed in claim 1 further comprising : �

only determining (2) the second portion of the information (P2) for the second frequency region (FR2) of the
multi- �channel audio signal if a bit rate of the encoded multi- �channel audio signal comprising the single channel
audio signal (SC), the first portion of the information (P1), and the second portion of the information (P2) is not
higher than a maximum allowable bit rate (MBR).

3. A method of encoding as claimed in claim 1, characterized in that the information (INF) comprises sets of parameters
(S1, S2, ...), the first portion (P1) comprises at least a first one (S1) of the sets of parameters (S1, S2, ...), the second
portion (P2) comprises at least a second one (S2) of the sets of parameters (S1, S2, ...), wherein each set of
parameters is associated with a corresponding frequency region (FR1, FR2,...).

4. A method of encoding as claimed in claim 3, characterized in that the sets of parameters comprise at least one
localization cue (ILD, ITD, IPD, IC).

5. A method of encoding as claimed in claim 4, characterized in that the at least one localization cue (ILD, ITD, IPD,
IC) is selected from: an interaural level difference (ILD), an interaural time or phase difference (ITD, IPD), or an
interaural cross-�correlation (IC).

6. A method of encoding as claimed in claim 1 or 2, characterized in that the first frequency region (FR1) covers a
full bandwidth (FBW) of the multi- �channel audio signal.

7. A method of encoding as claimed in claim 1, characterized in that the first frequency region (FR1) substantially
covers a full bandwidth (FBW) of the multi-�channel audio signal, the second frequency region (FR2) covers a portion
of the full bandwidth (FBW), and in that the determining (2) of the second portion of the information (P2) is adapted
to determine sets of parameters (S2, S3, ...) for both the second frequency region (FR2) and a set of further frequency
regions (FR3, FR4, FR5), the second frequency region (FR2) and the set of further frequency regions (FR3, FR4,
FR5) substantially covering the full bandwidth (FBW), where in the set of further frequency regions (FR3, FR4, FR5)
comprises at least one further frequency region (FR3).

8. A method of encoding as claimed in claim 7, characterized in that the single channel audio signal (SC) and the
first portion (P1) of the information (INF) form a base layer of information (BL) which is always present in the encoded
multi- �channel audio signal (EBS), and in that the method comprises receiving (2) a maximum allowable bit rate
(MBR) of the encoded multi-�channel audio signal (EBS), the second portion of the information (P2) forming an
enhancement layer of information (EL) which is encoded only if the bit rate of the encoded base layer (DL) and
enhancement layer (EL) is not higher than the maximum allowable bit rate (MBR).

9. A method of encoding as claimed in claim 3, characterized in that the determining (2) of the first portion of information
(P1) in a particular frame (F2) of encoded information (EIN) comprises determining (2) the first one of the sets of
parameters (S1’) in the particular frame (F2), and coding the first one of the sets of parameters (S1’) based on the
first one of the sets of parameters (S1) of a frame (F1) preceding the particular frame (F2).

10. A method of encoding as claimed in claim 7, characterized in that the determining (2) of the second portion of
information (P2) in a particular frame (F2) of the encoded information (EIN) comprises determining (2) the sets of
parameters (S2’, S3’, ...) of the second portion (P2) in the particular frame (F2) and coding the sets of parameters
(S2’, S3’, ...) of the second portion (P2) in the particular frame (F2) based on the sets of parameters (S2, S3, ...) of
a frame (F1) preceding the particular frame (F2).
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11. A method of encoding as claimed in claim 7, characterized in that the determining (2) of the second portion of
information (P2) in a particular frame (F2) of the encoded information (EIN) comprises determining (2) the sets of
parameters (S2’, S3’, ...) of the second portion (P2) in the particular frame (F2) and coding the sets of parameters
(S2’, S3’, ...) of the second portion (P2) in the particular frame (F2) based on the first one of the sets of parameters
(S1) of a frame (F1) preceding the particular frame (F2).

12. A method of encoding as claimed in any one of the claims 9 to 11, characterized in that the determining (2)
comprises calculating a difference between the corresponding parameters in the particular frame (F2) and the frame
(F1) preceding the particular frame (F2).

13. An encoder for coding a multi-�channel audio signal comprising at least two audio channels (RI, LI), the encoder
comprising: �

means for generating (1) a single channel audio signal (SC) comprising a particular combination of the at least
two audio channels (RI, LI),
means for generating (2) information (INF) from the at least two audio channels (RI, LI) allowing to recover with
a required quality level the multi-�channel audio signal from the single channel audio signal (SC) and the infor-
mation (INF), the means for generating (2) information comprising :�

- means for determining (2) a first portion of the information (P1) consisting of a single set of parameters
(S1) determined for a first frequency region (FR1) of the multi-�channel audio signal, and
- means for determining (2) a second portion of the information (P2) for a second frequency region (FR2)
of the multi- �channel audio signal, the second frequency region (FR2) being a portion of the first frequency
region (FR1).

14. An encoder for encoding a multi-�channel audio signal as claimed in claim 13 further comprising means for only
determining (2) the second portion of the information (P2) for the second frequency region (FR2) of the multi-�channel
audio signal if a bit rate of the encoded multi-�channel audio signal comprising the single channel audio signal (SC),
the first portion of the information (P1), and the second portion of the information (P2) is not higher than a maximum
allowable bit rate (MBR).

15. An apparatus for supplying an audio signal, the apparatus comprising:�

an input for receiving a multi-�channel audio signal,
an encoder as claimed in claim 13 or 14 for encoding the multi-�channel audio signal to obtain an encoded multi-
channel audio signal, and
an output for supplying the encoded multi-�channel audio signal.

16. An encoded multi-�channel audio signal comprising:�

a single channel audio signal (SC) comprising a particular combination of at least two audio channels (RI, LI),
information (INF) from the at least two audio channels (RI, LI) allowing to recover with a required quality level
the multi-�channel audio signal from the single channel audio signal (SC) and the information (INF), the information
comprising :�

- a first portion of the information (P1) consisting of a single set of parameters (S1) determined for a first
frequency region (FR1) of the multi-�channel audio signal, and
- a second portion of the information (P2) for a second frequency region (FR2) of the multi- �channel audio
signal, the second frequency region (FR2) being a portion of the first frequency region (FR1).

17. A storage medium on which the encoded audio signal as claimed in claim 16 has been stored.

18. A method of decoding an encoded multi-�channel audio signal being encoded as claimed in claim 16, the method of
decoding comprising:�

obtaining (6, 7) a decoded single channel audio signal (SCO) comprising a particular combination of the at least
two audio channels (RI, LI),
obtaining (6, 8) decoded information (INO) from the information (INF) allowing to recover the multi- �channel
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audio signal from the decoded single channel audio signal (SCO) and the decoded information (INO), the
decoded information (INO) comprising the first portion of the information (P1) and the second portion of the
information (P2), and
applying (9) either the first portion of the information (P1) or the first portion (P1) and the second portion of the
information (P2) on the single channel audio signal (SCO) to generate a decoded multi- �channel audio signal
(LO, RO).

19. A decoder for decoding an encoded multi-�channel audio signal being encoded as claimed in claim 16, the decoder
comprising: �

means for obtaining (6, 7) a decoded single channel audio signal (SCO) comprising a particular combination
of the at least two audio channels (RI, LI),
means for obtaining (6, 8) decoded information (INO) from the information (INF) allowing to recover the multi-
channel audio signal from the decoded single channel audio signal (SCO) and the decoded information (INO),
the decoded information (INO) comprising the first portion of the information (P1) and the second portion of the
information (P2), and
means for applying (9) the first portion of the information (P1) and the second portion of the information (P2)
on the single channel audio signal (SCO) to generate a decoded multi-�channel audio signal (LO, RO).

20. An apparatus for supplying a decoded audio signal, the apparatus comprising:�

an input for receiving an encoded multi-�channel audio signal,
a decoder as claimed in claim 19 for decoding the encoded multi-�channel audio signal to obtain a multi-�channel
output signal, and
an output for supplying or reproducing the multi- �channel output signal.

Patentansprüche

1. Verfahren zum Codieren eines Mehrkanal-�Audiosignals mit wenigstens zwei Audiokanälen (RI, LI), wobei dieses
Verfahren Folgendes umfasst:�

- das Erzeugen (1) eines Einkanal-�Audiosignals (SC) mit einer bestimmten Kombination der wenigstens zwei
Audiokanäle (RI, LI), und das Codieren des Einkanal- �Audiosignals (SC) in einen Bitstrom (EBS) als ein codiertes
Einkanal- �Audiosignal (ESC),
- das Erzeugen (2) von Information (INF) aus den wenigstens zwei Audiokanälen (RI, LI), wodurch es ermöglicht
wird, mit einem erforderlichen Qualitätspegel das Mehrkanal-�Audiosignal aus dem Einkanal-�Audiosignal (SC)
und der Information (INF) wiederherzustellen, wobei die Erzeugung (2) der Information Folgendes umfasst:
- das Ermitteln (2) eines ersten Teils der Information (P1) bestehend aus einem einzigen Satz von Parametern
(S1), ermittelt für ein erstes Frequenzgebiet (FR1) des Mehrkanal- �Audiosignals, und das Codieren des ersten
Teils der Information (P1) in den Bitstrom (EBS) als ein codierter erster Teil der Information (EIN), und
- das Ermitteln (2) eines zweiten Teils der Information (P2) für ein zweiten Frequenzgebiet (FR2) des Mehrkanal-
Audiosignals, wobei das zweite Frequenzgebiet (FR2) ein Teil des ersten Frequenzgebietes (FR1) ist, und das
Codieren des zweiten Teils der Information (P2) in den Bitstrom (EBS) als ein codierter zweiter Teil der Infor-
mation (EIN).

2. Verfahren zum Codieren eines Mehrkanal- �Audiosignals nach Anspruch 1, wobei das Verfahren weiterhin Folgendes
umfasst: �

- nur das Ermitteln (2) des zweiten Teils der Information (P2) für das zweite Frequenzgebiet (FR2) des Mehrkanal-
Audiosignals, wenn eine Bitrate des codierten Mehrkanal-�Audiosignals mit dem Einkanal-�Audiosignal (SC),
dem ersten Teil der Information (P1) und dem zweiten Teil der Information (P2) nicht höher ist als eine maximal
erlaubte Bitrate (MBR).

3. Verfahren zum Codieren nach Anspruch 1, dadurch gekennzeichnet, dass die Information (INF) Sätze von Pa-
rametern (S1, S2, ...) aufweist, dass der erste Teil (P1) wenigstens einen ersten Satz (S1) der Sätze mit Parametern
(S1, S2, ...) aufweist, dass der zweite Teil (P2) wenigstens einen zweiten Satz (S2) der Sätze mit Parametern (S1,
S2,...) aufweist, wobei jeder Satz mit Parametern mit einem entsprechenden Frequenzgebiet (FR1, FR2, ...) asso-
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ziiert ist.

4. Verfahren zum Codieren nach Anspruch 3, dadurch gekennzeichnet, dass die Sätze mit Parametern wenigstens
einen Lokalisierungsaufruf (ILD, ITD, IPD, IC) aufweist.

5. Verfahren zum Codieren nach Anspruch 4, dadurch gekennzeichnet, dass der wenigstens eine Lokalisierungs-
aufruf (ILD, ITD, IPD, IC) aus: einer interauralen Pegeldifferenz (ILD), einer interauralen Zeit- oder Phasendifferenz
(ITD, IPD), oder einer interauralen Kreuzkorrelation (IC) selektiert wird.

6. Verfahren zum Codieren nach Anspruch 1 oder 2, dadurch gekennzeichnet, dass das erste Frequenzgebiet (FR1)
eine volle Bandbreite (FBW) des Mehrkanal-�Audiosignals deckt.

7. Verfahren zum Codieren nach Anspruch 1, dadurch gekennzeichnet, dass das erste Frequenzgebiet (FR1) im
Wesentlichen eine Volle Bandbreite (FBW) des Mehrkanal-�Audiosignals deckt, dass das zweite Frequenzgebiet
(FR2) einen teil der vollen Bandbreite (FBW) deckt, und dass die Ermittlung (2) des zweiten Teils der Information
(P2) dazu vorgesehen ist, Sätze mit Parametern (S2, S3, ...) für das zweite Frequenzgebiet (FR2) und einen Satz
weiterer Frequenzgebiete (FR3, FR4, FR5) zu ermitteln, wobei das zweite Frequenzgebiet (FR2) und der Satz
weiterer Frequenzgebiete (FR3, FR4, FR5) im Wesentlichen die volle Bandbreite (FBW) decken, wobei der Satz
weiterer Frequenzgebiete (FR3, FR4, FR5) wenigstens ein weiteres Frequenzgebiet (FR3) aufweist.

8. Verfahren zum Codieren nach Anspruch 7, dadurch gekennzeichnet, dass das Einkanal-�Audiosignal (SC) und
der erste Teil (P1) der Information (INF) eine Basisinformationsschicht bilden, d immer in dem codierten Mehrkanal-
Audiosignal (EBS) vorhanden ist, und dass das Verfahren Folgendes umfasst: das Empfangen (2) einer maximal
erlaubten Bitrate (MBR) des codierten Mehrkanal-�Audiosignals (EBS), wobei der zweite Teil der Information (P2)
eine Verbesserungsinformationsschicht (EL) bildet, die nur dann codiert wird, wenn die Bitrate der codierten Basis-
schicht (BL) und der Verbesserungsschicht (EL) nicht höher ist als die maximal erlaubte Bitrate (MBR).

9. Verfahren zum Codieren nach Anspruch 3, dadurch gekennzeichnet, dass die Ermittlung (2) des ersten Teils der
Information (P1) in einem bestimmten Frame (F2) codierter Information (EIN) die Ermittlung (2) des ersten Satzes
der Sätze mit Parametern (S1’) in dem bestimmten Frame (F2), und das Codieren des ersten Satzes der Sätze mit
Parametern (S1’) auf Basis des ersten Satzes der Sätze mit Parametern (S1) eines Frames (F1) vor dem betreffenden
Frame (F22) umfasst.

10. Verfahren zum Codieren nach Anspruch 7, dadurch gekennzeichnet, dass die Ermittlung (2) des zweiten Teils
der Information (P2) in einem bestimmten Frame (F2) der codierten Information (EIN) die Ermittlung (2) der Sätze
mit Parametern (S2’, S3’, ...) des zweiten Teils (P2) in dem bestimmten Frame (F2) und die Codierung der Sätze
mit Parametern (S2’, S3’, ...) des zweiten Teils (P2) in dem bestimmten Frame (F2) auf Basis der Sätze mit Para-
metern (S2, S3, ...) eines Frames (F1) vor dem betreffenden Frame (F2) umfasst.

11. Verfahren zum Codieren nach Anspruch 7, dadurch gekennzeichnet, dass die Ermittlung (2) des zweiten Teils
der Information (P2) in einem bestimmten Frame (F2) der codierten Information (EIN) die Ermittlung (2) der Sätze
mit Parametern (S2’, S3’, ...) des zweiten Teils (P2) in dem betreffenden Frame (F2) und die Codierung der Sätze
mit Parametern (S2’, S3’, ...) des zweiten Teils (P2) in dem betreffenden Frame (F2) auf Basis des ersten Satzes
der Sätze mit Parametern (S1) eines Frames (F1) vor dem betreffenden Frame (F2) umfasst.

12. Verfahren zum Codieren nach einem der Ansprüche 9 bis 11, dadurch gekennzeichnet, dass die Ermittlung (2)
das Berechnen einer Differenz zwischen den entsprechenden Parametern in dem betreffenden Frame (F2) und
dem Frame (F1) vor dem betreffenden Frame (F2) umfasst.

13. Codierer zum Codieren eines Mehrkanal-�Audiosignals mit wenigstens zwei Audiokanälen (RI, LI), wobei der Codierer
Folgendes umfasst:�

- Mittel zum Erzeugen (1) eines Einkanal-�Audiosignals (SC) mit einer bestimmten Kombination der wenigstens
zwei Audiokanäle (RI, LI),
- Mittel zum Erzeugen (2) von Information (INF) aus den wenigstens zwei Audiokanälen (RI, LI), wodurch es
möglich wird, das Mehrkanal-�Audiosignal aus dem Einkanal-�Audiosignal (SC) und der Information (INF) mit
einem erforderlichen Qualitätspegel wiederherzustellen, wobei die Mittel zum Erzeugen (2) von Information
Folgendes umfassen:
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- Mittel zum Ermitteln (2) eines ersten Teils der Information (P1) bestehend aus einem einzelnen Satz mit
Parametern (S1) ermittelt für ein erstes Frequenzgebiet (FR1) des Mehrkanal-�Audiosignals, und
- Mittel zum Ermitteln (2) eines zweiten Teils der Information (P2) für ein zweites Frequenzgebiet (FR2) des
Mehrkanal-�Audiosignals, wobei das zweite Frequenzgebiet (FR2) ein Teil des ersten Frequenzgebietes (FR1)
ist.

14. Codierer zum Codieren eines Mehrkanal-�Audiosignals nach Anspruch 13, der weiterhin Mittel aufweist um nur den
zweiten Teil der Information (P2) für das zweite Frequenzgebiet (FR2) des Mehrkanal- �Audiosignals zu ermitteln (2),
wenn eine Bitrate des codierten Mehrkanal-�Audiosignals, der das Einkanal- �Audiosignal (SC), den ersten Teil der
Information (P1) und den zweiten Teil der Information (P2) enthält, nicht höher ist als eine maximal erlaubte Bitrate
(MBR).

15. Gerät zum Liefern eines Audiosignals, wobei das Gerät Folgendes umfasst:�

- einen Eingang zum Empfangen eines Mehrkanal-�Audiosignals,
- einen Codierer nach Anspruch 13 oder 14 zum Codieren des Mehrkanal-�Audiosignals zum Erhalten eines
codierten Mehrkanal-�Audiosignals, und
- einen Ausgang zum Liefern des codierten Mehrkanal-�Audiosignals.

16. Codiertes Mehrkanal-�Audiosignal, das Folgendes umfasst:�

- ein Einkanal-�Audiosignal (SC) mit einer bestimmten Kombination aus wenigstens zwei Audio- �Kanälen (RI, LI),
- Information (INF) aus den wenigstens zwei Audiokanälen (RI, LI), wodurch es möglich ist, mit einem erforder-
lichen Qualitätspegel das Mehrkanal-�Audiosignal aus dem Einkanal-�Audiosignal (SC) und der Information (INF)
wiederherzustellen, wobei die Information Folgendes umfasst:
- einen ersten Teil der Information (P1), bestehend aus einem einzigen Satz mit Parametern (S1), ermittelt für
ein erstes Frequenzgebiet (FR1) des Mehrkanal-�Audiosignals, und
- einen zweiten Teil der Information (P2) für ein zweites Frequenzgebiet (FR2) des Mehrkanal-�Audiosignals,
wobei das zweite Frequenzgebiet (FR2) ein Teil des ersten Frequenzgebietes (FR1) ist.

17. Speichermedium, auf dem das codierte Audiosignal nach Anspruch 16 gespeichert worden ist.

18. Verfahren zum Decodieren eines codierten Mehrkanal-�Audiosignals, das nach Anspruch 16 codiert worden ist,
wobei das Decodierverfahren Folgendes umfasst:�

- das Erhalten (6, 7) eines decodierten Einkanal-�Audiosignals (SCO) mit einer bestimmten Kombination der
wenigstens zwei Audiokanäle (RI, LI),
- das Erhalten (6, 8) decodierter Information (INO) aus der Information (INF), wodurch es möglich ist, das
Mehrkanal-�Audiosignal aus dem decodierten Einkanal-�Audiosignal (SCO) und der decodierten Information
(INO) wiederherzustellen, wobei die decodierte Information (INO) den ersten Teil der Information (P1) und den
zweiten Teil der Information (P2) enthält, und
- das Anwenden (9) des ersten Teils der Information (P1) oder des ersten Teils (P1) und des zweiten Teils der
Information (P2) auf das Einkanal-�Audiosignal (SCO) zum Erzeugen eines decodierten Mehrkanal-�Audiosignals
(LO, RO).

19. Decoder zum decodieren eines codierten Mehrkanal- �Audiosignals, das nach Anspruch 16 codiert worden ist, wobei
der Decoder Folgendes umfasst:�

- Mittel zum Erhalten (6, 7) eines decodierten Einkanal-�Audiosignals (SCO) mit einer bestimmten Kombination
der wenigstens zwei Audiokanäle (RI, LI),
- Mittel zum Erhalten (6, 8) decodierter Information (INO) aus der Information (INF), wodurch es möglich wird,
das Mehrkanal-�Audiosignal aus dem decodierten Einkanal-�Audiosignal (SCO) und der decodierten Information
(INO) wiederherzustellen, wobei die decodierte Information (INO) den ersten Teil der Information (P1) und den
zweiten Teil der Information (P2) enthält, und
- Mittel zum Anwenden (9) des ersten teils der Information (P1) und des zweiten teils der Information (P2) auf
das Einkanal-�Audiosignal (SCO) zum Erzeugen eines decodierten Mehrkanal-�Audiosignals (LO, RO).

20. Gerät zum Liefern eines decodierten Audiosignals, wobei das Gerät Folgendes umfasst:�
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- einen Eingang zum Empfangen eines codierten Mehrkanal-�Audiosignals,
- eine Decoder nach Anspruch 19 zum Decodieren des codierten Mehrkanal-�Audiosignals zum Erhalten eines
Mehrkanal-�Ausgangssignal, und
- einen Ausgang zum Liefern oder Wiedergeben des Mehrkanal-�Ausgangssignals.

Revendications

1. Procédé de codage d’un signal audio multicanal comprenant au moins deux canaux audio (RI, LI), le procédé
comprenant les étapes suivantes :�

la génération (1) d’un signal audio à un seul canal (SC) comprenant une combinaison particulière des au moins
deux canaux audio (RI, LI), et le codage du signal audio à un seul canal (SC) en un train binaire (EBS) sous la
forme d’un signal audio à un seul canal codé (ESC) ;
la génération (2) d’informations (INF) à partir des au moins deux canaux audio (RI, LI) permettant de récupérer
avec un niveau de qualité requis le signal audio multicanal à partir du signal audio à un seul canal (SC) et des
informations (INF), la génération (2) des informations comprenant : �

- la détermination (2) d’une première partie des informations (P1) comportant un seul jeu de paramètres
(S1) déterminé pour une première zone de fréquences (FR1) du signal audio multicanal, et le codage de
la première partie des informations (P1) dans le train binaire (EBS) sous la forme d’une première partie
codée des informations (EIN), et
- la détermination (2) d’une deuxième partie des informations (P2) pour une deuxième zone de fréquences
(FR2) du signal audio multicanal, la deuxième zone de fréquences (FR2) étant une partie de la première
zone de fréquences (FR1), et le codage de la deuxième partie des informations (P2) dans le train binaire
(EBS) sous la forme d’une deuxième partie codée des informations (EIN).

2. Procédé de codage d’un signal audio multicanal suivant la revendication 1, comprenant en outre :�

la détermination (2) de la deuxième partie des informations (P2) pour la deuxième zone de fréquences (FR2)
du signal audio multicanal uniquement si un débit binaire du signal audio multicanal codé comprenant le signal
audio à un seul canal (SC), la première partie des informations (P1) et la deuxième partie des informations (P2)
n’est pas supérieur à un débit binaire admissible maximum (MBR).

3. Procédé de codage suivant la revendication 1, caractérisé en ce que  les informations (INF) comprennent des jeux
de paramètres (S1, S2, ...), la première partie (P1) comprend au moins un premier (S1) des jeux de paramètres
(S1, S2, ...), la deuxième partie (P2) comprend au moins un deuxième (S2) des jeux de paramètres (S1, S2, ...),
dans lequel chaque jeu de paramètres est associé à une zone de fréquences (FR1, FR2, ...) correspondante.

4. Procédé de codage suivant la revendication 3, caractérisé en ce que  les jeux de paramètres comprennent au
moins un repère de localisation (ILD, ITD, IPD, IC).

5. Procédé de codage suivant la revendication 4, caractérisé en ce que  le au moins un repère de localisation (ILD,
ITD, IPD, IC) est choisi parmi le groupe comprenant : une différence de niveau interaurale (ILD), une différence de
temps ou de phase interaurale (ITD, IPD) ou une corrélation croisée interaurale (IC).

6. Procédé de codage suivant la revendication 1 ou 2, caractérisé en ce que  la première zone de fréquences (FR1)
couvre une largeur de bande complète (FBW) du signal audio multicanal.

7. Procédé de codage suivant la revendication 1, caractérisé en ce que  la première zone de fréquences (FR1) couvre
pratiquement une largeur de bande complète (FBW) du signal audio multicanal, la deuxième zone de fréquences
(FR2) couvre une partie de la largeur de bande complète (FBW), et en ce que la détermination (2) de la deuxième
partie des informations (P2) permet de déterminer des jeux de paramètres (S2, S3, ...) à la fois pour la deuxième
zone de fréquences (FR2) et un jeu d’autres zones de fréquences (FR3, FR4, FR5), la deuxième zone de fréquences
(FR2) et le jeu d’autres zones de fréquences (FR3, FR4, FR5) couvrant pratiquement la largeur de bande complète
(FBW), dans lequel le jeu d’autres zones de fréquences (FR3, FR4, FR5) comprend au moins une autre zone de
fréquences (FR3).
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8. Procédé de codage suivant la revendication 7, caractérisé en ce que  le signal audio à un seul canal (SC) et la
première partie (P1) des informations (INF) forment une couche de base d’informations (BL) qui est toujours présente
dans le signal audio multicanal codé (EBS), et en ce que le procédé comprend la réception (2) d’un débit binaire
admissible maximum (MBR) du signal audio multicanal codé (EBS), la deuxième partie des informations (P2) formant
une couche d’amélioration d’informations (EL) qui n’est codée que si le débit binaire de la couche de base codée
(DL) et de la couche d’amélioration (EL) n’est pas supérieur au débit binaire admissible maximum (MBR).

9. Procédé de codage suivant la revendication 3, caractérisé en ce que  la détermination (2) de la première partie
des informations (P1) dans une trame particulière (F2) d’informations codées (EIN) comprend la détermination (2)
du premier des jeux de paramètres (S1’) dans la trame particulière (F2), et le codage du premier des jeux de
paramètres (S1’) sur la base du premier des jeux de paramètres (S1) d’une trame (F1) précédant la trame particulière
(F2).

10. Procédé de codage suivant la revendication 7, caractérisé en ce que  la détermination (2) de la deuxième partie
des informations (P2) dans une trame particulière (F2) des informations codées (EIN) comprend la détermination
(2) des jeux de paramètres (S2’, S3’, ...) de la deuxième partie (P2) dans la trame particulière (F2), et le codage
des jeux de paramètres (S2’, S3’, ...) de la deuxième partie (P2) dans la trame particulière (F2) sur la base des jeux
de paramètres (S2, S3, ...) d’une trame (F1) précédant la trame particulière (F2).

11. Procédé de codage suivant la revendication 7, caractérisé en ce que  la détermination (2) de la deuxième partie
des informations (P2) dans une trame particulière (F2) des informations codées (EIN) comprend la détermination
(2) des jeux de paramètres (S2’, S3’, ...) de la deuxième partie (P2) dans la trame particulière (F2), et le codage
des jeux de paramètres (S2’, S3’, ...) de la deuxième partie (P2) dans la trame particulière (F2) sur la base du
premier des jeux de paramètres (S1) d’une trame (F1) précédant la trame particulière (F2).

12. Procédé de codage suivant l’une quelconque des revendications 9 à 11, caractérisé en ce que  la détermination
(2) comprend le calcul d’une différence entre les paramètres correspondants dans la trame particulière (F2) et la
trame (F1) précédant la trame particulière (F2).

13. Codeur pour coder un signal audio multicanal comprenant au moins deux canaux audio (RI, LI), le codeur
comprenant :�

des moyens pour générer (1) un signal audio à un seul canal (SC) comprenant une combinaison particulière
des au moins deux canaux audio (RI, LI) ;
des moyens pour générer (2) des informations (INF) à partir des au moins deux canaux audio (RI, LI) permettant
de récupérer avec un niveau de qualité requis le signal audio multicanal à partir du signal audio à un seul canal
(SC) et des informations (INF), les moyens pour générer (2) des informations comprenant : �

- des moyens pour déterminer (2) une première partie des informations (P1) comportant un jeu unique de
paramètres (S1) déterminé pour une première zone de fréquences (FR1) du signal audio multicanal, et
- des moyens pour déterminer (2) une deuxième partie des informations (P2) pour une deuxième zone de
fréquences (FR2) du signal audio multicanal, la deuxième zone de fréquences (FR2) étant une partie de
la première zone de fréquences (FR1).

14. Codeur pour coder un signal audio multicanal suivant la revendication 13, comprenant en outre des moyens pour
déterminer (2) la deuxième partie des informations (P2) pour la deuxième zone de fréquences (FR2) du signal audio
multicanal uniquement si un débit binaire du signal audio multicanal codé comprenant le signal audio à un seul
canal (SC), la première partie des informations (P1) et la deuxième partie des informations (P2) n’est pas supérieur
à un débit binaire admissible maximum (MBR).

15. Appareil pour fournir un signal audio, l’appareil comprenant:�

une entrée pour recevoir un signal audio multicanal;
un codeur suivant la revendication 13 ou 14 pour coder le signal audio multicanal pour obtenir un signal audio
multicanal codé, et
une sortie pour fournir le signal audio multicanal codé.

16. Signal audio multicanal codé comprenant :�
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un signal audio à un seul canal (SC) comprenant une combinaison particulière des au moins deux canaux audio
(RI, LI) ;
des informations (INF) des au moins deux canaux audio (RI, LI) permettant de récupérer avec un niveau de
qualité requis le signal audio multicanal à partir du signal audio à un seul canal (SC) et des informations (INF),
les informations comprenant :�

- une première partie des informations (P1) comportant un jeu unique de paramètres (S1) déterminé pour
une première zone de fréquences (FR1) du signal audio multicanal, et
- une deuxième partie des informations (P2) pour une deuxième zone de fréquences (FR2) du signal audio
multicanal, la deuxième zone de fréquences (FR2) étant une partie de la première zone de fréquences (FR1).

17. Support de mémorisation sur lequel a été stocké le signal audio codé suivant la revendication 16.

18. Procédé de décodage d’un signal audio multicanal codé, codé suivant la revendication 16, le procédé de décodage
comprenant :�

l’obtention (6, 7) d’un signal audio à un seul canal décodé (SCO) comprenant une combinaison particulière des
au moins deux canaux audio (RI, LI) ;
l’obtention (6, 8) d’informations décodées (INO) à partir des informations (INF) permettant de récupérer le signal
audio multicanal à partir du signal audio à un seul canal décodé (SCO) et des informations décodées (INO),
les informations décodées (INO) comprenant la première partie des informations (P1) et la deuxième partie des
informations (P2), et
l’application (9) soit de la première partie des informations (P1), soit de la première partie (P1) et de la deuxième
partie des informations (P2) au signal audio à un seul canal (SCO) pour générer un signal audio multicanal
décodé (LO, RO).

19. Décodeur pour décoder un signal audio multicanal codé, codé suivant la revendication 1, le décodeur comprenant :�

des moyens pour obtenir (6, 7) un signal audio à un seul canal décodé (SCO) comprenant une combinaison
particulière des au moins deux canaux audio (RI, LI) ;
des moyens pour obtenir (6, 8) des informations décodées (INO) à partir des informations (INF) permettant de
récupérer le signal audio multicanal à partir du signal audio à un seul canal décodé (SCO) et des informations
décodées (INO), les informations décodées (INO) comprenant la première partie des informations (P1) et la
deuxième partie des informations (P2), et
des moyens pour appliquer (9) la première partie des informations (P1) et la deuxième partie des informations
(P2) au signal audio à un seul canal (SCO) pour générer un signal audio multicanal décodé (LO, RO).

20. Appareil pour fournir un signal audio décodé, l’appareil comprenant :�

une entrée pour recevoir un signal audio multicanal codé ;
un décodeur suivant la revendication 19 pour décoder le signal audio multicanal codé pour obtenir un signal
de sortie multicanal, et
une sortie pour fournir ou reproduire le signal de sortie multicanal.
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