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Description

[0001] The invention relates to generation of multi channel audio signals by spatial audio decoding and in particular,
but not exclusively, to generation of multi channel audio signals from a matrix encoded surround sound stereo signal.
[0002] Digital encoding of various source signals has become increasingly important over the last decades as digital
signal representation and communication increasingly has replaced analogue representation and communication. For
example, mobile telephone systems, such as the Global System for Mobile communication, are based on digital speech
encoding. Also distribution of media content, such as video and music, is increasingly based on digital content encoding.
[0003] Furthermore, in the last decade there has been a trend towards multi channel audio and specifically towards
spatial audio extending beyond conventional stereo signals. For example, traditional stereo recordings only comprise
two channels whereas modem advanced audio systems typically use five or six channels, as in the popular 5.1 surround
sound systems. This provides a more involved listening experience where the user may be surrounded by sound sources.
[0004] Various techniques and standards have been developed for communication of such multi channel signals. For
example, six discrete channels representing a 5.1 surround system may be transmitted in accordance with standards
such as the Advanced Audio Coding (AAC) or Dolby Digital standards.
[0005] However, in order to provide backwards compatibility, it is known to down-mix the higher number of channels
to a lower number and specifically it is frequently used to down-mix a 5.1 surround sound signal to a stereo signal
allowing a stereo signal to be reproduced by legacy (stereo) decoders and a 5.1 signal by surround sound decoders.
[0006] Such existing methods for backwards-compatible multi-channel transmission without additional multi-channel
information can typically be characterized as matrixed-surround methods. Examples of matrix surround sound encoding
include methods such as Dolby Prologic II and Logic-7. The common principle of these methods is that they matrix
multiply the multiple channels of the input signal by a suitable non-quadratic matrix thereby generating an output signal
with a lower number of channels. Specifically, a matrix encoder typically applies phase shifts to the surround channels
prior to mixing them with the front and center channels. The generation of the down-mixed signal (Lt, Rt) may e.g. be
given by: 

[0007] Thus, the left down-mix signal (Lt) consists of the left-front signal (Lf), the center signal (c) multiplied by a factor
q, the left-surround signal (Ls) phase rotated by 90 degrees (,j’) and scaled by a factor a, and finally the right-surround
(Rs) signal which is also phase rotated by 90 degrees and scaled by a factor b. The right down-mix signal (Rt) is generated
similarly. Typical down-mix factors are 0.707 for q and a, and 0.408 for b.
[0008] The rationale for the opposite signs for the right-down-mix signal (Rt) is that the surround channels are mixed
in anti-phase in the down-mix pair (Lt, Rt). This property helps the decoder to discriminate between front and rear
channels from the down-mix signal pair. A decoder can (partially) reconstruct the multi-channel signal from the stereo
down-mix by applying a de-matrixing operation. How accurately the re-created multi-channel signal resemble the original
multi-channel signal will depend on the specific properties of the multi-channel audio content.
[0009] Although matrixed surround sound systems provide for backwards compatibility, it can only provide low audio
quality compared to discrete surround systems/coders, such as AAC or Dolby Digital systems.
[0010] A coding/decoding technique known as Spatial Audio Coding (SAC) has been developed to provide improved
quality for down-mixed audio signals. In SAC, the decoder down-mixes channels to a lower number and in addition
generates parametric data which describes characteristics of the multi-channel signals relative to the down-mixed signals.
The additional parametric data is then included in the bit stream together wither the down-mix signal which typically is
a mono or stereo audio signal. Thus, legacy decoders can ignore the additional parametric data and re-generate a mono
or stereo signal (or possibly a matrix decoded surround sound signal of low quality). Furthermore, SAC decoders can
extract the parametric data and use this to generate a multi-channel signal of higher quality.
[0011] However, a problem with this approach is that many systems are not equipped for SAC encoded signals. For
example, many systems only utilize matrix surround sound encoding that does not generate SAC parametric data.
Furthermore, many signal and decoder standards do not provide the flexibility to allow additional parametric data to be
included thus requiring a complete switch to a new standard before SAC can be deployed. This may require that all
existing encoders and decoders in the system are replaced by SAC enabled encoders and decoders. Specifically, there
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are many two-channel stereo-based legacy systems (such as radio, digital radio, etc.) where the effort to add the additional
information necessary for SAC is unfeasibly large, i.e. the cost to extend such systems to use SAC is too high. Furthermore,
there are already large amounts of matrix-encoded audio material available and this would need re-encoding by a SAC
encoder before the benefits of SAC decoding can be achieved.
[0012] Hence, an improved system for processing and/or communicating multi channel audio signals would be ad-
vantageous and in particular functionality allowing increased flexibility, increased audio quality, increased applicability
of SAC principles and/or improved performance would be advantageous.
[0013] US 2005/0058304 A1 discloses a cue-based audio coding/decoding scheme. Specifically, two or more input
channels are provided in the frequency domain. One or more cue codes for each of one or more different frequency
bands in the two or more input channels are generated in the frequency domain. Furthermore, the input channels are
downmixed to generate a number of transmitted channels. On the decoder-side, a BCC synthesizer having a filter bank
for each transmitted channel, an upmixing block, delays, multipliers, a correlation block and an inverse filter bank for
each playback channel is used.
[0014] US 2003/0040822 A1 discloses a sound processing system for reducing speaker distortion at high volume
levels by attenuating the filter gain and/or tone of audio and mixed output signals. The sound processing system has
one or more filters to attenuate the filter gain and tone in response to the high volume levels. The sound processing
system can also attenuate the filter gain and tone in response to a sound pressure level, which may provided by a
microphone.
[0015] It is an object of the present invention to provide an improved system for processing and/or communicating
multi-channel audio signals.
[0016] This object is achieved by a decoder in accordance with claim 1, a method of generating a multi-channel audio
signal in accordance with claim 15, a computer program product in accordance with claim 16, a receiver in accordance
with claim 17, a transmission system in accordance with claim 18, a method of transmitting and receiving in accordance
with claim 19, or an audio playing device in accordance with claim 20.
[0017] Accordingly, the Invention seeks to preferably mitigate, alleviate or eliminate one or more of the above mentioned
disadvantages singly or in any combination.
[0018] The invention may allow improved performance. Specifically, the invention may allow spatial audio decoding
principles to be used for signals not comprising Spatial Audio Coding (SAC) parameters. The applicability of the decoder
may be substantially increased and it may for example be used with matrix encoders and encoded signals. An improved
audio quality can be achieved by the spatial audio decoding.
[0019] The second set of channels generally comprises more channels than the first set of channels. The second set
of audio channels may comprise one or more of the first set of audio channels. One or more of the second set of audio
channels may be generated without using the estimated parametric data. The estimated parametric data may specifically
be data corresponding to spatial audio parameters and in particular to spatial audio parameters as are typically generated
by conventional SAC encoders.
[0020] The estimated parametric data may directly relate a specific characteristic of the first set channels to a specific
characteristic of the second set of channel and/or may e.g. comprise data values relating characteristics of different
channels of the second set of channels thereby being indicative of how the first signal can be decoded to provide the
second set of audio channels. The characteristics may be a series of measures of one single parameter over different
time intervals. Alternatively, the characteristics may pertain to more than one single parameter.
[0021] According to an optional feature of the invention, the first signal comprises no parametric audio data related to
the second set of channels.
[0022] The invention allows spatial audio decoding principles to be applied to a signal comprising no parametric audio
data for at least some of the output channels. Thus, the invention may allow improved quality for non-SAC encoded
signals. The invention may allow improved backwards compatibility and may in particular allow improved audio quality
for decoded surround sound signals from matrix encoded surround sound signals.
[0023] According to an optional feature of the invention, the estimating means comprises means for determining first
parameter data for the first set of audio channels and means for mapping the first parameter data to the estimated
parameter data for the second set of audio channels.
[0024] This may allow an efficient implementation and an estimation of parameter data which may provide particularly
high decoded audio quality. The mapping may e.g. be by use of a look-up table or by an evaluation of a mathematic
function. Thus, a direct relationship exists between estimated parameter values and specific parameter values of the
first parameter data.
[0025] According to an optional feature of the invention, the first parameter data comprises at least one inter-channel
level difference value for at least two audio channels of the first set of audio signals.
[0026] This may allow an efficient implementation and an estimation of parameter data which may provide particularly
high decoded audio quality. In particular, research has shown that an inter-channel level difference value is particularly
suited for estimating associated SAC parametric data from a matrix encoded surround sound signal. The inventors of
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the current invention have realized that there is a high correlation between the inter-channel level difference for e.g. a
stereo matrix encoded surround sound signal and SAC data for the surround sound signal.
[0027] According to an optional feature of the invention, the first parameter data comprises at least one inter-channel
correlation coefficient value for at least two audio channels of the first set of audio signals.
[0028] This may allow an efficient implementation and an estimation of parameter data which may provide particularly
high decoded audio quality. In particular, research has shown that an inter-channel correlation coefficient value is
particularly suited for estimating associated SAC parametric data from a matrix encoded surround sound signal. The
inventors of the current invention have realized that there is a high correlation between the inter-channel correlation
coefficient for e.g. a stereo matrix encoded surround sound signal and SAC data for the surround sound signal.
[0029] According to an optional feature of the invention, the multi channel audio signal is a surround sound signal and
the estimated parameter data comprises at least one parameter selected from the group consisting of: an inter-channel
level difference between a left-front and a left-surround channel of the second set of channels; an inter-channel level
difference between a right-front and a right-surround channel of the second set of channels; an inter-channel correlation
coefficient between a left-front and a left-surround channel of the second set of channels; an inter-channel correlation
coefficient between a right-front and a right-surround channel of the second set of channels; a prediction coefficient for
a center channel of the second set of audio channels; and an inter-channel level difference between a center channel
and another channel (or combination of channels) of the second set of channels.
[0030] This may allow particularly high performance. Specifically, these parameters are particularly suitable for gen-
erating a high quality decoded signal by a spatial audio decoder and typically have a high correlation between parameters
of an input signal such as a matrix encoded surround sound system.
[0031] The at least one parameter selected from the group may be generated by a direct mapping from the inter-
channel level difference value and/or the inter-channel correlation coefficient value for at least two audio channels of
the first set of audio signals to the at least one parameter.
[0032] According to an optional feature of the invention, the apparatus further comprises means for generating time
frequency tiles; and wherein the estimating means is arranged to generate the estimated parametric data for time
frequency tiles.
[0033] This facilitates operation and/or improves quality. In particular, it may allow a facilitated and/or improved mapping
between parameters extracted from the first signal and the estimated parametric data.
[0034] According to an optional feature of the invention, the estimating means comprises means for directly mapping
a set of at least one signal characteristic of the first set of audio channels for a time frequency tile to a value of parametric
data for the second set of audio channels.
[0035] This may allow an efficient implementation and an estimation of parameter data which may provide particularly
high decoded audio quality. The mapping may e.g. be by use of a look-up table or by an evaluation of a mathematic
function. Thus, a direct relation is applied between the set of signal characteristics and corresponding values of the
estimated parameter data. The signal characteristics may be an inter-channel level difference and/or an inter-channel
correlation coefficient for two channels of the first set of audio channels and these may directly map to e.g. prediction
coefficients and/or inter-channel correlation coefficients and/or inter-channel level differences for the second set of audio
channels.
[0036] According to an optional feature of the invention, the spatial audio decoder is arranged to perform at least one
matrix operation using parameters determined in response to the estimated parametric data.
[0037] This may allow high performance. In particular it may allow a suitable implementation with high decoding quality.
[0038] According to an optional feature of the invention, the decoder further comprises means for extracting parametric
data for a second signal, and the spatial audio decoder is operable to decode the second signal in response to the
extracted parametric data.
[0039] The decoder may be arranged to handle both SAC encoded signals and non-SAC encoded signals using the
same spatial audio encoder. For SAC encoded signals, extracted data may be used whereas for non-SAC encoded
signals, estimated parametric data may be used. The invention may provide increased applicability and/or backwards
compatibility. The apparatus may be arranged to decode the first signal in response to the extracted parametric data
thereby allowing correlations between the first and second signal to be exploited.
[0040] According to an optional feature of the invention, the decoder further comprises means for selecting a decoding
mode in response to a characteristic of the first signal.
[0041] The decoder may for example be arranged to operate in a first mode wherein SAC parametric data is estimated
and in a second mode wherein SAC parametric data is extracted from the received signal and may be arranged to select
between the first and second mode in response to whether the first signal comprises SAC data or not. Thus, a highly
flexible decoder capable of processing a variety of different types of signal can be achieved.
[0042] According to an optional feature of the invention, the first set of audio channels consists of two audio channels.
[0043] The invention may allow improved decoding of multi-channel signals down-mixed to a stereo signal.
[0044] According to an optional feature of the invention, the first signal is a matrix encoded surround sound signal.
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[0045] The invention may allow particularly improved decoding of multi-channel signals down-mixed to a matrix en-
coded surround sound signal. In particular, experiments have shown that very accurate SAC data can be estimated for
matrix encoded surround sound signals based on the stereo channels of the signal.
[0046] According to an optional feature of the invention, the decoder further comprises a matrix-surround inversion
matrix, and means for determining at least one coefficient of the matrix-surround inversion matrix in response to the
estimated parametric data.
[0047] This may allow improved decoded audio quality for a matrix encoded surround signal.
[0048] These and other aspects, features and advantages of the invention will be apparent from and elucidated with
reference to the embodiment(s) described hereinafter.
[0049] Embodiments of the invention will be described, by way of example only, with reference to the drawings, in which

Fig. 1 illustrates a transmission system for communication of an audio signal in accordance with some embodiments
of the invention;
Fig. 2 illustrates a block diagram of a typical SAC encoder;
Fig. 3 illustrates an example of a typical SAC decoder;
Fig. 4 illustrates a decoder in accordance with some embodiments of the invention;
Fig. 5 illustrates elements of a decoder in accordance with some embodiments of the invention; and
Fig. 6 illustrates a method of generating a multi channel audio signal in accordance with some embodiments of the
invention.

[0050] The following description focuses on embodiments of the invention applicable to decoding of matrixed surround
sound signals down-mixed to stereo signals. However, it will be appreciated that the invention is not limited to this
application but may be applied to many other signals.
[0051] Fig. 1 illustrates a transmission system 100 for communication of an audio signal in accordance with some
embodiments of the invention. The transmission system 100 comprises a transmitter 101 which is coupled to a receiver
103 through a network 105 which specifically may be the Internet.
[0052] In the specific example, the transmitter 101 is a signal recording device and the receiver is a signal player
device 103 but it will be appreciated that in other embodiments a transmitter and receiver may used in other applications
and for other purposes. For example, the transmitter 101 and/or the receiver 103 may be part of a transcoding functionality
and may e.g. provide interfacing to other signal sources or destinations.
[0053] In the specific example where a signal recording function is supported, the transmitter 101 comprises a digitizer
107 which receives an analog signal that is converted to a digital PCM signal by sampling and analog-to-digital conversion.
The analog signal is specifically a 5.1 surround sound multi-channel signal.
[0054] The transmitter 101 is coupled to the encoder 109 of Fig. 1 which encodes the PCM signal in accordance with
an encoding algorithm. Specifically, the encoder is a matrix encoder that generates a down-mixed stereo signal using
the matrix operation of equation 1. Thus, the encoded signal is a matrix encoded surround sound signal.
[0055] The encoder 100 is coupled to a network transmitter 111 which receives the encoded signal and interfaces to
the Internet 105. The network transmitter may transmit the encoded signal to the receiver 103 through the Internet 105.
[0056] The receiver 103 comprises a network receiver 113 which interfaces to the Internet 105 and which is arranged
to receive the encoded signal from the transmitter 101.
[0057] The network receiver 111 is coupled to a decoder 115. The decoder 115 receives the encoded signal and
decodes it in accordance with a decoding algorithm.
[0058] In the specific example where a signal playing function is supported, the receiver 103 further comprises a signal
player 117 which receives the decoded audio signal from the decoder 115 and presents this to the user. Specifically,
the signal player 113 may comprise a digital-to-analog converter, amplifiers and speakers as required for outputting the
decoded audio signal.
[0059] In the described embodiment the decoding algorithm used by the decoder 115 comprises a SAC decoding
element. For clarity, the operation of a typical SAC encoder will first be described.
[0060] Fig. 2 illustrates a block diagram of a typical SAC encoder 200. The encoder 200 splits the incoming signals
in separate time-frequency tiles by means of a Quadrature Mirror Filter (QMF) bank 201. These time/frequency tiles are
generally referred to as "parameter bands".
[0061] For every parameter band, a SAC encoding element 203 determines a number of spatial parameters that
describe the properties of the spatial image, e.g. inter-channel level differences and cross correlation coefficients. Besides
the extraction of parameters, the SAC encoding element 203 also generates a mono or stereo down-mix from the multi-
channel input signal. By means of QMF synthesis banks 205 these signals are transferred to the time-domain. The
resulting down-mix is fed to a bit-stream processor 207 which generates a bit-stream comprising the down-mix channels
and the parametric data generated by the SAC encoding element 203. Preferably, the down-mix is also encoded before
transmission (using conventional mono or stereo ’core’ coder), while the bit-streams of the core coder and the spatial
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parameters are preferably combined (multiplexed) into a single output bit-stream.
[0062] Depending on the mode of operation, this data rate of the parametric data can cover a wide range of bit rates,
starting from a few kBit/s for good quality multi-channel audio up to tens of kBit/s for near-transparent quality.
[0063] Moreover, in case of a stereo down-mix, the user has the choice of a conventional stereo down-mix or a down-
mix that is compatible with matrixed-surround systems. In the latter case, the encoder 200 can generate a matrixed-
surround compatible down-mix using the matrixing approach of Equation 1. Alternatively, it may generate a matrixed-
surround compatible down-mix using a down-mix post processing unit working on a regular stereo down-mix. In this
configuration, the encoder can comprise a matrixed-surround post processor which modifies the regular stereo down-
mix to make it matrixed-surround sound compatible using the spatial parameters extracted by the parameter-estimation
stage. The advantage of such an approach is that the matrixed-surround processing can be fully reversed by a decoder
having the spatial parameters available.
[0064] A SAC decoder in principle performs the reverse process of the encoder.
[0065] Fig. 3 illustrates an example of a typical SAC decoder. The SAC decoder 300 comprises a splitter 301 which
receives the bit-stream and splits it into the down-mix signal and the parametric data. Subsequently, the decoded down-
mix is processed by a QMF analysis bank 303 to result in parameter bands that are the same as those applied in the
SAC encoder 200. A spatial synthesis stage 305 reconstructs the multi-channel signal using the parametric data extracted
by the splitter 301. Finally, the QMF-domain signals are transferred to the time domain by means of a QMF synthesis
bank 307 to result in the final multi-channel output signals.
[0066] Thus in systems where both encoders and decoders comprise SAC functionality, a high quality of the decoded
multi-channel signals can be achieved for a relatively low data rate. However, as many already deployed systems and
much audio material do not exploit SAC functionality, the benefits are typically restricted to new systems and re-encoded
audio material.
[0067] In the example of Fig. 1, the decoder 115 comprises SAC decoding functionality which may be used with non-
SAC encoders and non-SAC encoded material. The decoder 115 may thus introduce some of the advantages of SAC
without requiring re-encoding or SAC compatible encoders and may specifically provide a significantly improved quality
to data rate ratio for multi-channel signals.
[0068] Fig. 4 illustrates the decoder 115 of Fig. 1 in more detail. The decoder 115 comprises a receiver 401 which
receives a signal comprising a set of audio channels. Specifically, the receiver receives the bit-stream comprising the
two channels which have been generated by the matrix encoding of the surround sound signal by the encoder 109. The
receiver 401 receives the bit-stream and generates the two channels y1, y2 of the down-mix stereo signal. It will be noted
that in the specific example, the encoder 109 is a conventional matrix encoder for a surround signal generating a bit-
stream comprising only the two down-mix channels. Thus, in the example, the bit-stream comprises no spatial audio
parametric data. In other embodiments, the encoder 109 may for example be a SAC encoder generating a matrix-
surround compatible stereo signal without SAC parametric data.
[0069] The decoder 115 further comprises a SAC decoding element 403 coupled to the receiver 401. The SAC decoding
element 403 decodes the stereo down-mix channels y1, y2 using SAC techniques as previously described. Specifically,
the operation of the SAC decoding element 403 corresponds to that described for the SAC decoder 300 of Fig. 3. The
SAC decoding element 403 thus generates an output surround sound signal corresponding to the surround signal which
was matrix encoded by the encoder 109.
[0070] As previously described, the stereo down-mix channels may have been encoded by a matrix encoder as
described in Eq. 1. Alternatively, the down-mix channels may have been generated by an SAC encoder 203 including
a post-processing unit to generate a matrix-surround compatible down mix. In both cases, the SAC decoding element
403 may include a pre-processing unit that inverts the operations applied by the encoder for matrix-surround compatibility.
[0071] The decoder 115 further comprises an estimate processor 405 which is coupled to the receiver 401 and the
SAC decoding element 403. The estimate processor 405 is arranged to generate estimated parametric data which can
be used to generate the output surround signals. Specifically, the estimate processor 405 estimates the parametric data
that a SAC encoder would have generated for the down-mix channels if SAC encoding had been performed. Thus, the
estimated parametric data relates characteristics of the output surround channels to characteristics of the received down-
mix channels as it provides information of how these can be decoded to generate the output surround channels.
[0072] In the example of Fig. 4, the estimate processor 405 generates the estimated parametric data such that it
corresponds to SAC data that the SAC decoding element 403 can directly use to determine the output surround channels.
[0073] Thus, the decoder 115 uses the principles of SAC for de-coding matrix-encoded surround audio material. The
estimate processor 405 uses signal cues of the received stereo input signal to determine data which is used by the SAC-
decoding element 403. Specifically, the estimate processor 405 estimates inter-channel cues of the received stereo
signal and maps this to SAC cues that can be used directly by the SAC decoding element 403. This may specifically
allow the SAC decoding element 403 to be a conventional SAC decoder thereby facilitating backwards compatibility,
reducing design and development requirements and allowing the same functionality to be used for decoding SAC encoded
signals and non-SAC encoded signals. Thus; in the example, the required SAC parameters are generated at the decoder
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side using parameters obtained by analysis of the received two-channel down-mix.
[0074] The estimate processor 405 comprises an analysis processor 407 which determines one or more parameters
for the stereo down-mix signal. Specifically, the analysis processor 407 generates Inter-channel Level Difference (ILD)
values and Inter-channel Correlation Coefficient (ICC) values for the stereo down-mix channels y1, y2.
[0075] The analysis processor 407 is coupled to a mapping processor 409 which maps the ILD and ICC values into
SAC values relating to the output channels.
[0076] The mapping processor 409 specifically utilizes the previously unknown and surprising fact that a close corre-
lation typically exists between ILD and ICC values for a matrix encoded surround signal and spatial audio parameters
for the original surround sound channels.
[0077] The mapping processor 409 can simply use a look-up table to determine SAC parameter values for the output
surround channels relative to the stereo down-mix channels y1, y2. The determined ILD and ICC values or representatives
thereof, for example after quantization, can be used as the address for the table look-up. Equivalently, the mapping
processor 409 can evaluate a predetermined function having the ICC and ILD values as input parameters and providing
the required SAC parameters as output parameters.
[0078] In this way, the mapping processor 409 can generate (e.g.) the following SAC parameters for the output surround
sound channels:

- An inter-channel level difference between a left-front and a left-surround channel.
- An inter-channel level difference between a right-front and a right-surround channel.
- An inter-channel correlation coefficient between a left-front and a left-surround channel.
- An inter-channel correlation coefficient between a right-front and a right-surround channel.
- One or more prediction coefficient(s) for a channel such as the center channel.
- An inter-channel level difference between a center channel and another channel (or combination of channels) of

output surround sound channels.

[0079] As a specific example, the analysis processor 407 can generate an ICC value and an ILD value for the stereo
down-mix channels y1, y2. These two values are then used to generate a unique address for a look-up table. At the
specific address, the SAC parametric values which typically occur for these ICC and ILD values have been stored. The
mapping processor 409 thus simply retrieves the stored data values thereby obtaining suitable estimated parametric
data. This data is then fed to the SAC decoding element 403 where it is used in the same way as conventional SAC
data generated by a SAC encoder.
[0080] It will be appreciated that the corresponding SAC parameter values for given ILD and ICC values can be
determined in any suitable way. For example, simulations may be performed wherein a large number of signals are
encoded both by matrix encoding and SAC encoding. The ICC and ILD values may then be derived for the matrix
encoded signals and compared to the parametric data generated by the SAC encoder. The data may be statistically
processed to determine the SAC parameters which are most likely to occur, for given ILD and ICC values, and can then
be stored in the appropriate location of the look-up table. It will be appreciated that such analysis is only needed once
and that the determined look-up table can be used by many decoders and for any received signal.
[0081] Indeed, experiments and simulations have demonstrated that a close correlation exists between the ICC and
ILD values of a matrix encoded down-mixed surround sound signal and the SAC values for a SAC encoded surround
sound signal. Accordingly, the SAC parameters may be estimated with a relatively high accuracy and a significantly
improved decoded audio quality can be achieved.
[0082] In the example of Fig. 4, the estimate processor 405 operates on the basis of time-frequency tiles.
[0083] Specifically, the stereo down-mix channels y1, y2 are first processed by a complex-modulated QMF filter bank
to generate individual time-frequency tiles. It will be appreciated that such processing may be shared between the
estimate processor 405 and the SAC decoding element 403 and may for example be implemented in the SAC decoding
element 403. Generation of time-frequency tiles encompassing a frequency band for a time interval are well known to
the person skilled in the art and will not be described in detail (an example can e.g. be found in Breebaart, J., van de
Par, S., Kohlrausch, A., and Schuijers, E. (2005). Parametric coding of stereo audio. Eurasip J. Applied Signal Proc., 9:
1305-1322).
[0084] Time-frequency tiles are formulated by grouping certain frequency bands and time segments. Typically, these
time-frequency tiles are relatively narrow at low frequencies and wider at high frequencies, according to psychoacoustic
principles. The corresponding time resolution is typically between 11 and 50 ms.
[0085] For each generated time-frequency tile, the analysis processor 407 generates the two parameters ILD and ICC
from the stereo down-mix channels y1, y2. Specifically, if Y1[k,b] represents the (complex-valued) filter-bank output for
signal y1 for filter output q and time sample k, and Y2[k,b] represents the corresponding QMF-domain representation for
y2, the ILD parameter for parameter band b is given by: 
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where the summation range for k is performed over the corresponding QMF-domain time samples of the current time/
frequency tile, summation over q is performed over those filter-bank outputs that correspond to parameter band b, and
(*) denotes complex conjugation.

[0086] Similarly, with  denoting the real part, the ICC value for parameter band b is given by: 

[0087] For each pair of ICC and ILD values, the mapping processor 409 may then perform a table look up and determine:

- ILDs between corresponding time-frequency tiles of the left front and left surround channels;
- ILDs between corresponding time-frequency tiles of the right front and right surround channels;
- ICCs between the corresponding time-frequency tiles of left front and left surround channels;
- ICCs between the corresponding time-frequency tiles of right front and right surround channels;
- prediction coefficients to generate the center channel from the down-mix, and/or
- ILDs between the center channel and any other channel (pair).

[0088] The decoder is thus fed estimated parametric data which corresponds to the SAC parametric data that would
have been produced by a SAC encoder.
[0089] Fig. 5 illustrates elements of the SAC decoding element 403 in more detail.
[0090] The SAC decoding element 403 comprises a pre-mixing matrix unit 501 which controls the signals that enter
a second mixing matrix unit 503 as well as the inputs for a set of decorrelators (D 1 to Dm) 505. The second mixing
matrix generates the output signals based on the decorrelator outputs and the direct outputs of the pre-mixing matrix
501. The operation of a SAC is well known to the person skilled in the art and will for clarity and brevity not be described
further herein. Further details may e.g. be found in Herre et al.: "The reference model architecture for MPEG spatial
audio coding". Proc. 118th AES convention, Barcelona, Spain, 2005.
[0091] The estimated parametric data received from the estimate processor 405 is used to control the pre-mixing
matrix unit 501 and the second mixing matrix unit 503 as if it was conventional SAC parametric data. Specifically, the
pre-mixing matrix unit 501 may use a pre-mix matrix M1 to generate three intermediate signals 1, r and c from the input
signals y1, y2 as: 

with 
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where c1 and c2 represent two of the spatial parameters (prediction coefficients) generated by the mapping processor
409. The two decorrelators D1 and D2 505 are fed by signals 1 and r, respectively. Finally, the output signals If, rf, c, ls
and rs, for the left-front, right-front, center, left-surround and right-surround channels are generated by means of a post-
mix matrix M2 in the second mixing matrix unit 503:

with 

with hxy,z depending on the ILD and ICC parameters generated by the mapping processor 409: 

with 
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[0092] Here, ILDX and ICCX represent the ILD and ICC parameter generated by mapping processor 409 for channel
pair X (left front/left surround, or right front/right surround).
[0093] In case of a SAC encoder working in a matrix-surround compatible mode by means of an encoder post-processor,
the corresponding decoder-side pre-processor may be included in pre-mixing matrix unit 501. In this specific case, an
alternative pre-mixing matrix may be used, which consists of a combination of the original pre-mixing matrix M1 and a
matrix-surround compatible inversion matrix Q: 

with the matrix-surround inversion matrix Q given by: 

where qxy,z is function of the parameters generated by mapping processor 409: 

with g1=g2=0.577, and w1 and wr functions of the parameters given by the mapping processor 409: 
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[0094] Alternatively, the entries of M1 or M1’ may also be generated directly by mapping processor 409, omitting the
equations given above.
[0095] It will be appreciated that although the above description focused on an embodiment wherein the received
signal comprises no SAC parametric data, some parametric data may be included in the received signal in other em-
bodiments. For example, the received signal may comprise parametric data relating to some output channels but not to
other output channels and the estimated parameters may be used for these other channels. As another example, the
estimated parametric data may be used to replace parametric data which has been corrupted, for example due to
transmission errors. Thus, the estimated parametric data may be used to enhance and complement other parametric
data received from the encoder.
[0096] Furthermore, it will be appreciated that one of the advantages of the described examples is that the SAC
decoding element 403 can use a standard SAC decoding technique. Thus, the SAC decoding element 403 may equally
be applied to decoding conventional SAC signals received from a SAC encoder.
[0097] Specifically, the transmission system 100 of FIG, 1 may comprise a number of non-SAC encoders and a number
of SAC encoders. The decoder 115 may modify its operation according to the signal being received. Thus, if a non-SAC
signal is received the operation may be as described above. However, if a SAC signal is received, the parametric data
may simply be extracted and fed to the SAC decoding element 403 together with the down-mix channels. Hence, a
highly flexibly decoder can be achieved.
[0098] Fig. 6 illustrates a method of generating a multi channel audio signal in accordance with some embodiments
of the invention. The method is applicable to the decoder 115 of Fig. 4 and will be describe with reference thereto.
[0099] The method initiates in step 601 wherein the receiver 401 receives a first signal comprising a first set of audio
channels.
[0100] Step 601 is followed by step 603 wherein the estimate processor 405 generates estimated parametric data for
a second set of audio channels in response to characteristics of the first set of audio channels. The estimated parametric
data relates characteristics of the second set of audio channels to characteristics of the first set of audio channels.
[0101] Step 603 is followed by step 605 wherein the SAC decoding element 403 decodes the first signal in response
to the estimated parametric data to generate the multi-channel signal comprising the second set of channels.
[0102] It will be appreciated that the above description for clarity has described embodiments of the invention with
reference to different functional units and processors. However; it will be apparent that any suitable distribution of
functionality between different functional units or processors may be used without detracting from the invention. For
example, functionality illustrated to be performed by separate processors or controllers may be performed by the same
processor or controllers. Hence, references to specific functional units are only to be seen as references to suitable
means for providing the described functionality rather than indicative of a strict logical or physical structure or organization.
[0103] The invention can be implemented in any suitable form including hardware, software, firmware or any combi-
nation of these. The invention may optionally be implemented at least partly as computer software running on one or
more data processors and/or digital signal processors. The elements and components of an embodiment of the invention
may be physically, functionally and logically implemented in any suitable way. Indeed the functionality may be imple-
mented in a single unit, in a plurality of units or as part of other functional units. As such, the invention may be implemented
in a single unit or may be physically and functionally distributed between different units and processors.
[0104] 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. In the claims, the term comprising does not exclude the presence of other elements or
steps.
[0105] Furthermore, although individually listed, a plurality of means, elements or method steps may be implemented
by e.g. a single unit or processor. Also the inclusion of a feature in one category of claims does not imply a limitation to
this category but rather indicates that the feature is equally applicable to other claim categories as appropriate. In addition,
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singular references do not exclude a plurality. Thus references to "a", "an", "first", "second" etc do not preclude a plurality

Claims

1. A decoder for generating a multi channel audio signal, the decoder comprising:

- means for receiving (401) a first signal comprising a first set of audio channels;
- estimating means (405) for generating estimated parametric data for a second set of audio channels in response
to characteristics of the first set of audio channels; the estimated parametric data relating characteristics of the
second set of audio channels to characteristics of the first set of audio channels; and
- a spatial audio decoder (403) for decoding the first signal in response to the estimated parametric data to
generate the multi-channel audio signal comprising the second set of channels.

2. The decoder of claim 1 wherein the first signal comprises no parametric audio data related to the second set of
channels.

3. The decoder of claim 1 wherein the estimating means (405) comprises means (407) for determining first parameter
data for the first set of audio channels and means (409) for mapping the first parameter data to the estimated
parameter data for the second set of audio channels.

4. The decoder of claim 3 wherein the first parameter data comprises at least one inter-channel level difference value
for at least two audio channels of the first set of audio signals.

5. The decoder of claim 3 wherein the first parameter data comprises at least one inter-channel correlation coefficient
value for at least two audio channels of the first set of audio signals.

6. The decoder of claim 1 wherein the multi channel audio signal is a surround sound signal and the estimated parameter
data comprises at least one parameter selected from the group consisting of

- an inter-channel level difference between a left-front and a left-surround channel of the second set of channels;
- an inter-channel level difference between a right-front and a right-surround channel of the second set of channels
- an inter-channel correlation coefficient between a left-front and a left-surround channel of the second set of
channels;
- an inter-channel correlation coefficient between a right-front and a right-surround channel of the second set
of channels;
- a prediction coefficient for a center channel of the second set of audio channels; and
- an inter-channel level difference between a center channel and another channel of the second set of channels.

7. The decoder of claim 1 further comprising means for generating time frequency tiles; and wherein the estimating
means (405) is arranged to generate the estimated parametric data for time frequency tiles.

8. The decoder of claim 7 wherein the estimating means comprises means for directly mapping a set of at least one
signal characteristic of the first set of audio channels for a time frequency tile to a corresponding value of parametric
data for the second set of audio channels.

9. The decoder of claim 1 wherein the spatial audio decoder is arranged to perform at least one matrix operation using
parameters determined in response to the estimated parametric data.

10. The decoder of claim 1 further comprising means for extracting parametric data for a second signal, and wherein
the spatial audio decoder (403) is operable to decode the second signal in response to the extracted parametric data.

11. The decoder of claim 1 further comprising means for selecting a decoding mode in response to a characteristic of
the first signal.

12. The decoder of claim 1 wherein the first set of audio channels consists of two audio channels.

13. The decoder of claim 12 wherein the first signal is a matrix encoded surround sound signal.
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14. The decoder of claim 13 further comprising a matrix-surround inversion matrix and means for determining at least
one coefficient of the matrix-surround inversion matrix in response to the estimated parametric data.

15. A method of generating a multi channel audio signal, the method comprising:

- receiving (601) a first signal comprising a first set of audio channels;
- generating (603) estimated parametric data for a second set of audio channels in response to characteristics
of the first set of audio channels; the estimated parametric data relating characteristics of the second set of
audio channels to characteristics of the first set of audio channels; and
- decoding (605) the first signal in response to the estimated parametric data using a spatial audio decoder to
generate the multi-channel audio signal comprising the second set of channels.

16. A computer program product for executing the method of claim 15.

17. A receiver (103) for generating a multi channel audio signal, the receiver comprising a decoder of claim 1.

18. A transmission system including:

- an encoder for generating a first signal comprising a first set of audio channels by encoding a multi channel
signal;
- a transmitter for transmitting the first signal; and a decoder of claim 1.

19. A method of transmitting and receiving an audio signal, the method comprising:

- generating a first signal comprising a first set of audio channels by encoding a multi channel signal;
- transmitting the first signal;
receiving (401) the first signal ;
- generating estimated parametric data for a second set of audio channels in response to characteristics of the
first set of audio channels; the estimated parametric data relating characteristics of the second set of audio
channels to characteristics of the first set of audio channels; and
- decoding the first signal in response to the estimated parametric data using a spatial audio decoder to generate
a decoded multi-channel audio signal comprising the second set of channels.

20. An audio playing device (103) comprising a decoder (115) according to claim 1.

Patentansprüche

1. Ein Decodierer zum Erzeugen eines Mehrkanal-Audiosignals, wobei der Decodierer folgende Merkmale aufweist:

eine Einrichtung zum Empfangen (401) eines ersten Signals, das einen ersten Satz von Audiokanälen aufweist;
eine Schätzeinrichtung (405) zum Erzeugen geschätzter parametrischer Daten für einen zweiten Satz von
Audiokanälen ansprechend auf Charakteristika des ersten Satzes von Audiokanälen; wobei die geschätzten
parametrischen Daten Charakteristika des zweiten Satzes von Audiokanälen mit Charakteristika des ersten
Satzes von Audiokanälen in Bezug setzen; und
einen räumlichen Audiodecodierer (403) zum Decodieren des ersten Signals ansprechend auf die geschätzten
parametrischen Daten, um das Mehrkanal-Audiosignal, das den zweiten Satz von Kanälen aufweist, zu erzeu-
gen.

2. Der Decodierer gemäß Anspruch 1, bei dem das erste Signal keine parametrischen Audiodaten aufweist, die auf
den zweiten Satz von Kanälen bezogen sind.

3. Der Decodierer gemäß Anspruch 1, bei dem die Schätzeinrichtung (405) eine Einrichtung (407) zum Bestimmen
erster Parameterdaten für den ersten Satz von Audiokanälen und eine Einrichtung (409) zum Abbilden der ersten
Parameterdaten auf die geschätzten Parameterdaten für den zweiten Satz von Audiokanälen aufweist.

4. Der Decodierer gemäß Anspruch 3, bei dem die ersten Parameterdaten zumindest einen Zwischen-Kanal-Pegel-
differenz-Wert für zumindest zwei Audiokanäle des ersten Satzes von Audiosignalen aufweisen.
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5. Der Decodierer gemäß Anspruch 3, bei dem die ersten Parameterdaten zumindest einen Zwischen-Kanal-Korre-
lationskoeffizient-Wert für zumindest zwei Audiokanäle des ersten Satzes von Audiosignalen aufweisen.

6. Der Decodierer gemäß Anspruch 1, bei dem das Mehrkanal-Audiosignal ein Surround-Sound-Signal ist und die
geschätzten Parameterdaten zumindest einen Parameter aufweisen, der aus der aus Folgenden bestehenden
Gruppe ausgewählt ist:

einer Zwischen-Kanal-Pegeldifferenz zwischen einem Vorne-Links- und einem Links-Surround-Kanal des zwei-
ten Satzes von Kanälen;
einer Zwischen-Kanal-Pegeldifferenz zwischen einem Rechts-Vorne- und einem Rechts-Surround-Kanal des
zweiten Satzes von Kanälen
einem Zwischen-Kanal-Korrelationskoeffizienten zwischen einem Links-Vorne- und einem Links-Surround-Ka-
nal des zweiten Satzes von Kanälen;
einem Zwischen-Kanal-Korrelationskoeffizienten zwischen einem Rechts-Vorne- und einem Rechts-Surround-
Kanal des zweiten Satzes von Kanälen;
einem Prädiktionskoeffizienten für einen Mittenkanal des zweiten Satzes von Audiokanälen; und
einer Zwischen-Kanal-Pegeldifferenz zwischen einem Mittenkanal und einem anderen Kanal des zweiten Satzes
von Kanälen.

7. Der Decodierer gemäß Anspruch 1, der ferner eine Einrichtung zum Erzeugen von Zeitfrequenzfeldern aufweist;
und bei dem die Schätzeinrichtung (405) dazu angeordnet ist, die geschätzten parametrischen Daten für Zeitfre-
quenzfelder zu erzeugen.

8. Der Decodierer gemäß Anspruch 7, bei dem die Schätzeinrichtung eine Einrichtung zum direkten Abbilden eines
Satzes zumindest einer Signalcharakteristik des ersten Satzes von Audiokanälen für ein Zeitfrequenzfeld auf einen
entsprechenden Wert parametrischer Daten für den zweiten Satz von Audiokanälen aufweist.

9. Der Decodierer gemäß Anspruch 1, bei dem der räumliche Audiodecodierer dazu angeordnet ist, unter Verwendung
von Parametern, die ansprechend auf die geschätzten parametrischen Daten bestimmt werden, zumindest eine
Matrixoperation durchzuführen.

10. Der Decodierer gemäß Anspruch 1, der ferner eine Einrichtung zum Extrahieren parametrischer Daten für ein
zweites Signal aufweist, und bei dem der räumliche Audiodecodierer (403) dahin gehend betreibbar ist, ansprechend
auf die extrahierten parametrischen Daten ein zweites Signal zu decodieren.

11. Der Decodierer gemäß Anspruch 1, der ferner eine Einrichtung zum Auswählen eines Decodiermodus ansprechend
auf eine Charakteristik des ersten Signals aufweist.

12. Der Decodierer gemäß Anspruch 1, bei dem der erste Satz von Audiokanälen aus zwei Audiokanälen besteht.

13. Der Decodierer gemäß Anspruch 12, bei dem das erste Signal ein matrixcodiertes Surround-Klang-Signal ist.

14. Der Decodierer gemäß Anspruch 13, der ferner eine Matrix-Surround-Inversionsmatrix und eine Einrichtung zum
Bestimmen zumindest eines Koeffizienten der Matrix-Surround-Inversionsmatrix ansprechend auf die geschätzten
parametrischen Daten aufweist.

15. Ein Verfahren zum Erzeugen eines Mehrkanal-Audiosignals, wobei das Verfahren folgende Schritte aufweist:

Empfangen (601) eines ersten Signals, das einen ersten Satz von Audiokanälen aufweist;
ansprechend auf Charakteristika des ersten Satzes von Audiokanälen, Erzeugen (603) geschätzter parametri-
scher Daten für einen zweiten Satz von Audiokanälen; wobei die geschätzten parametrischen Daten Charak-
teristika des zweiten Satzes von Audiokanälen mit Charakteristika des ersten Satzes von Audiokanälen in Bezug
setzen; und
Decodieren (605) des ersten Signals ansprechend auf die geschätzten parametrischen Daten unter Verwendung
eines räumlichen Audiodecodierers, um das Mehrkanal-Audiosignal, das den zweiten Satz von Kanälen auf-
weist, zu erzeugen.

16. Ein Computerprogrammprodukt zum Ausführen des Verfahrens gemäß Anspruch 15.
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17. Ein Empfänger (103) zum Erzeugen eines Mehrkanal-Audiosignals, wobei der Empfänger einen Decodierer gemäß
Anspruch 1 aufweist.

18. Ein Sendesystem, das folgende Merkmale umfasst:

einen Codierer zum Erzeugen eines ersten Signals, das einen ersten Satz von Audiokanälen aufweist, durch
Codieren eines Mehrkanalsignals;
einen Sender zum Senden des ersten Signals; und
einen Decodierer gemäß Anspruch 1.

19. Ein Verfahren zum Senden und Empfangen eines Audiosignals, wobei das Verfahren folgende Schritte aufweist:

Erzeugen eines ersten Signals, das einen ersten Satz von Audiokanälen aufweist, durch Codieren eines Mehr-
kanalsignals;
Senden des ersten Signals;
Empfangen (401) des ersten Signals;
ansprechend auf Charakteristika des ersten Satzes von Audiokanälen, Erzeugen geschätzter parametrischer
Daten für einen zweiten Satz von Audiokanälen; wobei die geschätzten parametrischen Daten Charakteristika
des zweiten Satzes von Audiokanälen mit Charakteristika des ersten Satzes von Audiokanälen in Bezug setzen;
und
Decodieren des ersten Signals ansprechend auf die geschätzten parametrischen Daten unter Verwendung
eines räumlichen Audiodecodierers, um ein decodiertes Mehrkanal-Audiosignal, das den zweiten Satz von
Kanälen aufweist, zu erzeugen.

20. Eine Audioabspielvorrichtung (103), die einen Decodierer (115) gemäß Anspruch 1 aufweist.

Revendications

1. Décodeur pour générer un signal audio multicanal, le décodeur comprenant:

- un moyen pour recevoir (401) un premier signal comprenant un premier ensemble de canaux audio;
- un moyen d’estimation (405) destiné à générer des données paramétriques estimées pour un deuxième
ensemble de canaux audio en réponse aux caractéristiques du premier ensemble de canaux audio; les données
paramétriques estimées rapportant les caractéristiques du deuxième ensemble de canaux audio aux caracté-
ristiques du premier ensemble de canaux audio; et
- un décodeur audio spatial (403) destiné à décoder le premier signal en réponse aux données paramétriques
estimées pour générer le signal audio multicanal comprenant le deuxième ensemble de canaux.

2. Décodeur selon la revendication 1, dans lequel le premier signal ne comprend pas de données audio paramétriques
relatives au deuxième ensemble de canaux.

3. Décodeur selon la revendication 1, dans lequel le moyen d’estimation (405) comprend un moyen (407) destiné à
déterminer les premières données de paramètre pour le premier ensemble de canaux audio et un moyen (409)
destiné à mapper les premières données de paramètre aux données de paramètre estimées pour le deuxième
ensemble de canaux audio.

4. Décodeur selon la revendication 3, dans lequel les premières données de paramètre comprennent au moins une
valeur de différence de niveau entre canaux pour au moins deux canaux audio du premier ensemble de signaux audio.

5. Décodeur selon la revendication 3, dans lequel les premières données de paramètre comprennent au moins une
valeur de coefficient de corrélation entre canaux pour au moins deux canaux audio du premier ensemble de signaux
audio.

6. Décodeur selon la revendication 1, dans lequel le signal audio multicanal est un signal sonore ambiophonique et
les données de paramètre estimées comprennent au moins un paramètre sélectionné parmi le groupe composé de:

- une différence de niveau entre canaux entre un canal gauche avant et un canal gauche ambiophonique du
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deuxième ensemble de canaux;
- une différence de niveau entre canaux entre un canal droit avant et un canal droit ambiophonique du deuxième
ensemble de canaux
- un coefficient de corrélation entre canaux entre un canal gauche avant et un canal gauche ambiophonique
du deuxième ensemble de canaux;
- un coefficient de corrélation entre canaux entre un canal droit avant et un canal droit ambiophonique du
deuxième ensemble de canaux;
- un coefficient de prédiction pour un canal central du deuxième ensemble de canaux audio; et
- une différence de niveau entre canaux entre un canal central et un autre canal du deuxième ensemble de
canaux.

7. Décodeur selon la revendication 1, comprenant par ailleurs un moyen pour générer des tuiles de temps-fréquence;
et dans lequel le moyen d’estimation (405) est disposé pour générer les données paramétriques estimées pour les
tuiles de temps-fréquence.

8. Décodeur selon la revendication 7, dans lequel le moyen d’estimation comprend un moyen pour mapper directement
un ensemble d’au moins une caractéristique de signal du premier ensemble de canaux audio pour une tuile de
temps-fréquence à une valeur correspondante des données paramétriques pour le deuxième ensemble de canaux
audio.

9. Décodeur selon la revendication 1, dans lequel le décodeur audio spatial est disposé pour réaliser au moins une
opération de matrice à l’aide des paramètres déterminés en réponse aux données paramétriques estimées.

10. Décodeur selon la revendication 1, comprenant par ailleurs un moyen pour extraire les données paramétriques
pour un deuxième signal, et dans lequel le décodeur audio spatial (403) est opérationnel pour décoder le deuxième
signal en réponse aux données paramétriques extraites.

11. Décodeur selon la revendication 1, comprenant par ailleurs un moyen destiné à sélectionner un mode de décodage
en réponse à une caractéristique du premier signal.

12. Décodeur selon la revendication 1, dans lequel le premier ensemble de canaux audio se compose de deux canaux
audio.

13. Décodeur selon la revendication 12, dans lequel le premier signal est un signal de son ambiophonique codé de
manière matricielle.

14. Décodeur selon la revendication 13, comprenant par ailleurs une matrice d’inversion matrice-ambiophonique et un
moyen pour déterminer au moins un coefficient de la matrice d’inversion matrice-ambiophonique en réponse aux
données paramétriques estimées.

15. Procédé de génération d’un signal audio multicanal, le procédé comprenant:

- recevoir (601) un premier signal comprenant un premier ensemble de canaux audio;
- générer (603) les données paramétriques estimées pour un deuxième ensemble de canaux audio en réponse
aux caractéristiques du premier ensemble de canaux audio; les données paramétriques estimées rapportant
les caractéristiques du deuxième ensemble de canaux audio aux caractéristiques du premier ensemble de
canaux audio; et
- décoder (605) le premier signal en réponse aux données paramétriques estimées à l’aide du décodeur audio
spatial pour générer le signal audio multicanal comprenant le deuxième ensemble de canaux.

16. Produit programme d’ordinateur pour réaliser le procédé selon la

17. Récepteur (103) pour générer un signal audio multicanal, le récepteur comprenant un décodeur selon la revendication
1.

18. Système de transmission comportant:

- un codeur destiné à générer un premier signal comprenant un premier ensemble de canaux audio en codant
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un signal multicanal;
- un émetteur destiné à émettre le premier signal; et
- un décodeur selon la revendication 1.

19. Procédé d’émission et de réception d’un signal audio, le procédé comprenant:

- générer un premier signal comprenant un premier ensemble de canaux audio en codant un signal multicanal;
- émettre le premier signal;
- recevoir (401) le premier signal;
- générer les données paramétriques estimées pour un deuxième ensemble de canaux audio en réponse aux
caractéristiques du premier ensemble de canaux audio; les données paramétriques estimées rapportant les
caractéristiques du deuxième ensemble de canaux audio aux caractéristiques du premier ensemble de canaux
audio; et
- décoder le premier signal en réponse aux données paramétriques estimées à l’aide d’un décodeur audio
spatial pour générer un signal audio multicanal décodé comprenant le deuxième ensemble de canaux.

20. Dispositif de reproduction audio (103) comprenant un décodeur (115) selon la revendication 1.
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