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Description

�[0001] 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 re- �synthesize a perceptually equal signal at the receiving end. In traditional waveform based
audio coding schemes such as MPEG- �LII, mp3 and AAC (MPEG- �2 Advanced Audio Coding), stereo signals are encoded
by encoding two monaural audio signals into one bitstream. This encodes each channel unambiguously, but at the
expense of requiring double the data that would be required to encode a single channel.
�[0002] In many cases, the content carried by the two channels is predominantly monaural. Therefore, by exploiting
inter- �channel correlation and irrelevancy with techniques such as mid/ �side stereo coding and intensity coding bit rate
savings can be made. Encoding methods to which this invention relates involve coding one of the channels fully, and
coding a parametric description of how the other channel can be derived from the fully coded channel. Therefore, in the
decoder, usually a single audio signal is available that has to be modified to obtain two different output channels.In
particular, parameters used to describe the second channel may include interchannel time differences (ITDs), interchan-
nel phase difference (IPD) and interchannel level differences (ILDs).
�[0003] EP-�A-�1107232 describes a method for encoding a stereo signal in which the encoded signal comprises infor-
mation derived from one of a left channel or right channel input signal and parametric information which allows the other
of the input signals to be recovered.
�[0004] WO-�A- �03/07656 discloses a method for encoding a stereo signal, in which a mono signal and stereo parameters
are used to represent the stereo signal.
�[0005] In the parametric representations as described in the references mentioned above, the ITDs denote the differ-
ence in phase or time between the input channels. Therefore, the decoder can generate the non-�encoded channel by
taking the content of the encoded channel and creating the phase difference given by the ITDs. This process incorporates
a certain degree of freedom. For example, only one output channel (say, the channel that is not encoded) may be
modified with the prescribed phase difference. Alternatively, the encoded output channel could be modified with minus
the prescribed phase difference. As a third example, one could apply half the prescribed phase difference to one channel
and minus half the prescribed phase difference to the other channel. Since only the phase difference is prescribed, the
offset (or distribution) in phase shift of both channels is not fixed. Although this is not a problem for the spatial quality of
the decoded sound, it can result in audible artifacts. These artifacts occur because the overall phase shift is arbitrary.
It may be that the phase modification of one or both of the output channels at any one encoding timeframe is not
compatible with the phase modification of the previous frame. The present applicants have found that it is very difficult
to correctly predict the correct overall phase shift in the decoder and have previously described a method to restrict
phase modifications according to the phase modifications of the previous frame. This is a solution for the problem that
works well, but it does not remove the cause of the problem.
�[0006] As described above, it has been shown to be very difficult to determine how the prescribed phase or time shift
should be distributed over the two output channels at the decoder level. The following example explains this difficulty
more clearly. Assume that in the decoder, the mono signal component consists of a single sinusoid. Furthermore, the
ITD parameter for this sinusoid increases linearly over time (i.e., over analysis frames). In this example, we will focus
on the IPD, keeping in mind that the IPD is just a linear transformation of the ITD. The IPD is only defined in the interval
[-�π : π]. Figure 1 shows the IPD as a function of time.
�[0007] Although at first sight this may seem a very theoretical example, such IPD behavior often occurs in audio
recordings (for example if the frequency of the tones in the left and right channels differ by a few Hz). The basic task of
the decoder is to produce two output signals out of the single input signal. These output signals must satisfy the IPD
parameter. This can be performed by copying the single input signal to the two output signals and modifying the phases
of the output signals individually. Assuming a symmetrical distribution of the IPD across channels, this implies that the
left output channel is modified by +IPD/ �2, while the right output channel is phase-�rotated by -IPD/ �2. However, this
approach leads to clearly audible artifacts caused by a phase jump that occurs at time t. This can be understood with
reference to Figure 2, in which is shown the phase change that is implied on the left and right output channels at a certain
time instance t-, just before the occurrence of the phase jump, and t+, just after the phase jump. The phase-�changes
with respect to the mono input signal are shown as complex vectors (i.e., the angle between the output and input signal
depicts the phase- �change of each output channel).
�[0008] It will be seen that there is a large phase- �inconsistency between the output signals just before and after the
phase jump at time t: the vector of each output channel is rotated by almost π rad. If the subsequent frames of the outputs
are combined by overlap-�add, the overlapping parts of the output signals just before and after the phase jump cancel
each other. This results in click-�like artifacts in the output. These artifacts arise because the IPD parameter is cyclic with
a period of 2π, but if the IPD is distributed across channels, the phase-�change of each individual signal becomes cyclic
with a period smaller than 2π (if the IPD is distributed symmetrically the phase change becomes cyclic with a period of
π). The actual period of the phase change in each channel thus depends on the distribution method of IPD across



EP 1 595 247 B1

3

5

10

15

20

25

30

35

40

45

50

55

channels, but it is smaller than 2π, giving rise to overlap- �add problems in the decoder.
�[0009] Although the above example is a relatively simple case, we have found that for complex signals (with more
frequency components within the same phase-�modification frequency band, and with more complex behavior of the IPD
parameter across time) it is very difficult to find the correct IPD distribution across output channels.
�[0010] At the encoder, information specifying how to distribute the IPD across channels is available. Therefore, an
aim of this invention is to preserve this information in the encoded signal without adding significantly to the size of the
encoded signal.
�[0011] To this end, the invention provides an encoder and related items as set forth in the independent claims of this
specification.
�[0012] The interchannel time difference (ITD), or phase difference (IPD) is estimated based on the relative time shift
between the two input channels. On the other hand, the overall time shift (OTD), or overall phase shift (OPD) is determined
by the best matching delay (or phase) between the fully-�encoded monaural output signal and one of the input signals.
Therefore, it is convenient to analyze the OTD (OPD) at the encoder level and add its value to the parameter bitstream.
�[0013] An advantage of such a time-�difference encoding is that the OTD (OPD) needs be encoded in only a very few
bits since the auditory system is relatively insensitive to overall phase changes (although the binaural auditory system
is very sensitive to ITD changes).
�[0014] For the problem addressed above, the OPD would have the behavior as shown in Fig. 3.
�[0015] Here, the OPD basically describes the phase-�change of the left channel across time, while the phase-�change
of the right channel is given by OPD �(t) - IPD �(t). Since both parameters (OPD and IPD) are cyclic with a period of 2π,
the resulting phase changes of the independent output channels also become cyclic with a period of 2π. Thus the resulting
phase-�changes of both output channels across time do not show phase discontinuities that were not present in the input
signals.
�[0016] It should be noted that in this example, the OPD describes the phase change of the left channel, while the right
channel is subsequently derived from the left channel using the IPD. Other linear combinations of these parameters can
in principle be used for transmission. A trivial example would be to describe the phase- �change of the right output channel
with the OPD, and deriving the phase change of the left channel using the OPD and IPD. The crucial issue of this
invention is to efficiently describe a pair of time-�varying synthesis filters, in which the phase difference between the
output channels is described with one (expensive) parameter, and an offset of the phase changes with another (much
cheaper) parameter.
�[0017] Embodiments of the invention will now be described in detail, by way of example, and with reference to the
accompanying drawings, in which:�

Figure 1 illustrates the effect of the IPD increasing linearly over time, and has already been discussed;
Figure 2 illustrates the phase change of the output channels L and R with respect to the input channel just before
(t-, left panel) and just after (t+, right panel) the phase jump in the IPD parameter, and has already been discussed;
Figure 3 illustrates the OPD parameter for the case of a linearly increasing IPD, and has already been discussed;
Figure 4 is a hardware block diagram of an encoder embodying of the invention; and
Figure 5 is a hardware block diagram of a decoder embodying of the invention; and
Figure 6 shows transient positions encoded in respective sub-�frames of a monaural signal and the corresponding
frames of a multi-�channel layer.

Overview of the embodiment

�[0018] A spatial parameter generating stage in an embodiment of the invention takes three signals as its input. A first
two of these signals, designated L and R, correspond to left and right channels of a stereo pair. Each of the channels
is split up into multiple time-�frequency tiles, for example, using a filterbank or frequency transform, as is conventional
within this technical field. A further input to the encoder is a monaural signal S being the sum of the other signals L, R.
This signal S is a monaural combination of the other signals L and R and has the same time-�frequency separation as
the other input signals. The output of the encoder is a bitstream containing the monaural audio signal S together with
spatial parameters that are used by a decoder in decoding the bitstream.
�[0019] Then the encoder calculates the interchannel time difference (ITD) by determining the time lag between the L
and R input signals. The time lag corresponds to the maximum in the cross-�correlation function between corresponding
time/�frequency tiles of the input signals L �(t, f) and R�(t, f), such that: 
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where ρ�(L, R) denotes the cross-�correlation function between the input signals L �(t, f) and R�(t, f).
�[0020] The overall time shift (OTD) can be defined in two different ways: as a time difference between the sum signal
S and the left input signal L, or as a time difference between the sum signal S and the right input signal R. It is convenient
to measure the OTD relative to the stronger (i.e., higher energy) input signal, giving:

�[0021] The OTD values can subsequently be quantized and added to the bitstream. It has been found that a quantization
error in the order of π/ �8 radians is acceptable. This is a relatively large quantization error compared to error that is
acceptable for the ITD values. Hence the spatial parameter bitstream contains an ILD, an ITD, an OTD and a correlation
value for some or all frequency bands. Note that only for those frequency bands where an ITD value is transmitted is
an OTD necessary.
�[0022] The decoder determines the necessary phase-�modification of the output channels based on the ITD, the OTD
and the ILD, resulting in the time shift for the left channel (TSL) and for the right channel (TSR):

Details of the implementation of the embodiment

�[0023] It will be understood that a complete audio coder typically takes as an input two analogue time-�varying audio
frequency signals, digitizes these signals, generates a monaural sum signal and then generates an output bitstream
comprising the coded monaural signal and the spatial parameters. (Alternatively, the input may be derived from two
already digitized signals.) Those skilled in this technology will recognize that much of the following can be implemented
readily using known techniques.

Analysis methods

�[0024] In general, the encoder 10 comprises respective transform modules 20 which split each incoming signal (L,�R)
into sub-�band signals 16 (preferably with a bandwidth which increases with frequency). In the preferred embodiment,
the modules 20 use time-�windowing followed by a transform operation to perform time/�frequency slicing, however, time-
continuous methods could also be used (e.g., filterbanks).
�[0025] The next steps for determination of the sum signal 12 and extraction of the parameters 14 are carried out within
an analysis module 18 and comprise: �

finding the level difference (ILD) of corresponding sub-�band signals 16,
finding the time difference (ITD or IPD) of corresponding sub-�band signals 16, and
describing the amount of similarity or dissimilarity of the waveforms which cannot be accounted for by ILDs or ITDs.
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Analysis of ILDs

�[0026] The ILD is determined by the level difference of the signals at a certain time instance for a given frequency
band. One method to determine the ILD is to measure the rms value of the corresponding frequency band of both input
channels and compute the ratio of these rms values (preferably expressed in dB).

Analysis of the ITDs

�[0027] The ITDs are determined by the time or phase alignment which gives the best match between the waveforms
of both channels. One method to obtain the ITD is to compute the cross-�correlation function between two corresponding
subband signals and searching for the maximum. The delay that corresponds to this maximum in the cross- �correlation
function can be used as ITD value.
�[0028] A second method is to compute the analytic signals of the left and right subband (i.e., computing phase and
envelope values) and use the phase difference between the channels as IPD parameter. Here, a complex filterbank
(e.g. an FFT) is used and by looking at a certain bin (frequency region) a phase function can be derived over time. By
doing this for both left and right channel, the phase difference IPD (rather then cross-�correlating two filtered signals) can
be estimated.

Analysis of the correlation

�[0029] The correlation is obtained by first finding the ILD and ITD that gives the best match between the corresponding
subband signals and subsequently measuring the similarity of the waveforms after compensation for the ITD and/or ILD.
Thus, in this framework, the correlation is defined as the similarity or dissimilarity of corresponding subband signals
which can not be attributed to ILDs and/or ITDs. A suitable measure for this parameter is the coherence, which is the
maximum value of the cross-�correlation function across a set of delays. However, other measures could also be used,
such as the relative energy of the difference signal after ILD and/or ITD compensation compared to the sum signal of
corresponding subbands (preferably also compensated for ILDs and/or ITDs). This difference parameter is basically a
linear transformation of the (maximum) correlation.

Parameter quantization

�[0030] An important issue of transmission of parameters is the accuracy of the parameter representation (i.e., the size
of quantization errors), which is directly related to the necessary transmission capacity and the audio quality. In this
section, several issues with respect to the quantization of the spatial parameters will be discussed. The basic idea is to
base the quantization errors on so- �called just- �noticeable differences (JNDs) of the spatial cues. To be more specific,
the quantization error is determined by the sensitivity of the human auditory system to changes in the parameters. Since
it is well known that the sensitivity to changes in the parameters strongly depends on the values of the parameters itself,
the following methods are applied to determine the discrete quantization steps.

Quantization of ILDs

�[0031] It is known from psychoacoustic research that the sensitivity to changes in the IID depends on the ILD itself.
If the ILD is expressed in dB, deviations of approximately 1 dB from a reference of 0 dB are detectable, while changes
in the order of 3 dB are required if the reference level difference amounts 20 dB. Therefore, quantization errors can be
larger if the signals of the left and right channels have a larger level difference. For example, this can be applied by first
measuring the level difference between the channels, followed by a nonlinear (compressive) transformation of the
obtained level difference and subsequently a linear quantization process, or by using a lookup table for the available
ILD values which have a nonlinear distribution. In the preferred embodiment, ILDs (in dB) are quantized to the closest
value out of the following set I: 

Quantization of the ITDs

�[0032] The sensitivity to changes in the ITDs of human subjects can be characterized as having a constant phase
threshold. This means that in terms of delay times, the quantization steps for the ITD should decrease with frequency.
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Alternatively, if the ITD is represented in the form of phase differences, the quantization steps should be independent
of frequency. One method to implement this would be to take a fixed phase difference as quantization step and determine
the corresponding time delay for each frequency band. This ITD value is then used as quantization step. In the preferred
embodiment, ITD quantization steps are determined by a constant phase difference in each subband of 0.1 radians
(rad). Thus, for each subband, the time difference that corresponds to 0.1 rad of the subband center frequency is used
as quantization step.
�[0033] Another method would be to transmit phase differences which follow a frequency-�independent quantization
scheme. It is also known that above a certain frequency,� the human auditory system is not sensitive to ITDs in the fine
structure waveforms. This phenomenon can be exploited by only transmitting ITD parameters up to a certain frequency
(typically 2 kHz).
�[0034] A third method of bitstream reduction is to incorporate ITD quantization steps that depend on the ILD and /or
the correlation parameters of the same subband. For large ILDs, the ITDs can be coded less accurately. Furthermore,
if the correlation it very low, it is known that the human sensitivity to changes in the ITD is reduced. Hence larger ITD
quantization errors may be applied if the correlation is small. An extreme example of this idea is to not transmit ITDs at
all if the correlation is below a certain threshold.

Quantization of the correlation

�[0035] The quantization error of the correlation depends on (1) the correlation value itself and possibly (2) on the ILD.
Correlation values near +1 are coded with a high accuracy (i.e., a small quantization step), while correlation values near
0 are coded with a low accuracy (a large quantization step). In the preferred embodiment, a set of non- �linearly distributed
correlation values (r) are quantized to the closest value of the following ensemble R: 

and this costs another 3 bits per correlation value.
�[0036] If the absolute value of the (quantized) ILD of the current subband amounts 19 dB, no ITD and correlation
values are transmitted for this subband. If the (quantized) correlation value of a certain subband amounts zero, no ITD
value is transmitted for that subband.
�[0037] In this way, each frame requires a maximum of 233 bits to transmit the spatial parameters. With an update
framelength of 1024 samples and a sampling rate of 44.1 kHz, the maximum bitrate for transmission amounts less than
10.25 kbit/s [233‡44100/1024 = 10.034kbit/s]. (It should be noted that using entropy coding or differential coding, this
bitrate can be reduced further.)
�[0038] A second possibility is to use quantization steps for the correlation that depend on the measured ILD of the
same subband: for large ILDs (i.e., one channel is dominant in terms of energy), the quantization errors in the correlation
become larger. An extreme example of this principle would be to not transmit correlation values for a certain subband
at all if the absolute value of the IID for that subband is beyond a certain threshold.
�[0039] With reference to Figure 4, in more detail, in the modules 20, the left and right incoming signals are split up in
various time frames (2048 samples at 44.1 kHz sampling rate) and windowed with a square-�root Hanning window.
Subsequently, FFTs are computed. The negative FFT frequencies are discarded and the resulting FFTs are subdivided
into groups or subbands 16 of FFT bins. The number of FFT bins that are combined in a subband g depends on the
frequency: at higher frequencies more bins are combined than at lower frequencies. In the current implementation, FFT
bins corresponding to approximately 1.8 ERBs are grouped, resulting in 20 subbands to represent the entire audible
frequency range. The resulting number of FFT bins S �[g] of each subsequent subband (starting at the lowest frequency) is: 

�[0040] Thus, the first three subbands contain 4 FFT bins, the fourth subband contains 5 FFT bins, etc. For each
subband, the analysis module 18 computes corresponding ILD, ITD and correlation (r). The ITD and correlation are
computed simply by setting all FFT bins which belong to other groups to zero, multiplying the resulting (band-�limited)
FFTs from the left and right channels, followed by an inverse FFT transform. The resulting cross-�correlation function is
scanned for a peak within an interchannel delay between -64 and +63 samples. The internal delay corresponding to the
peak is used as ITD value, and the value of the cross- �correlation function at this peak is used as this subband’s interaural
correlation. Finally, the ILD is simply computed by taking the power ratio of the left and right channels for each subband.
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Generation of the sum signal

�[0041] The analyzer 18 contains a sum signal generator 17. The sum signal generator generates a sum signal that is
an average of the input signals. (In other embodiments, the additional processing may be carried out in generation of
the sum signal, including, for example, phase correction. If necessary, the sum signal can be converted to the time
domain by (1) inserting complex conjugates at negative frequencies, (2) inverse FFT, (3) windowing, and (4) overlap- �add.
�[0042] Given the representation of the sum signal 12 in the time and/or frequency domain as described above, the
signal can be encoded in a monaural layer 40 of a bitstream 50 in any number of conventional ways. For example, a
mp3 encoder can be used to generate the monaural layer 40 of the bitstream. When such an encoder detects rapid
changes in an input signal, it can change the window length it employs for that particular time period so as to improve
time and or frequency localization when encoding that portion of the input signal. A window switching flag is then
embedded in the bitstream to indicate this switch to a decoder that later synthesizes the signal.
�[0043] In the preferred embodiment, however, a sinusoidal coder 30 of the type described in WO 01/69593-�al is used
to generate the monaural layer 40. The coder 30 comprises a transient coder 11, a sinusoidal coder 13 and a noise
coder 15. The transient coder is an optional feature included in this embodiment.
�[0044] When the signal 12 enters the transient coder 11, for each update interval, the coder estimates if there is a
transient signal component and its position (to sample accuracy) within the analysis window. If the position of a transient
signal component is determined, the coder 11 tries to extract (the main part of) the transient signal component. It matches
a shape function to a signal segment preferably starting at an estimated start position, and determines content underneath
the shape function, by employing for example a (small) number of sinusoidal components and this information is contained
in the transient code CT.
�[0045] The sum signal 12 less the transient component is furnished to the sinusoidal coder 13 where it is analyzed to
determine the (deterministic) sinusoidal components. In brief, the sinusoidal coder encodes the input signal as tracks
of sinusoidal components linked from one frame segment to the next. The tracks are initially represented by a start
frequency, a start amplitude and a start phase for a sinusoid beginning in a given segment - a birth. Thereafter, the track
is represented in subsequent segments by frequency differences, amplitude differences and, possibly, phase differences
(continuations) until the segment in which the track ends (death) and this information is contained in the sinusoidal code
CS.
�[0046] The signal less both the transient and sinusoidal components is assumed to mainly comprise noise and the
noise analyzer 15 of the preferred embodiment produces a noise code CN representative of this noise. Conventionally,
as in, for example, WO 01/89086-�A1, a spectrum of the noise is modeled by the noise coder with combined AR (auto-
regressive) MA (moving average) filter parameters (pi,�qi) according to an Equivalent Rectangular Bandwidth (ERB)
scale. Within a decoder, the filter parameters are fed to a noise synthesizer, which is mainly a filter, having a frequency
response approximating the spectrum of the noise. The synthesizer generates reconstructed noise by filtering a white
noise signal with the ARMA filtering parameters (pi, �qi) and subsequently adds this to the synthesized transient and
sinusoid signals to generate an estimate of the original sum signal.
�[0047] The multiplexer 41 produces the monaural audio layer 40 which is divided into frames 42 which represent
overlapping time segments of length 16ms and which are updated every 8 ms, Figure 6. Each frame includes respective
codes CT, CS and CN and in a decoder the codes for successive frames are blended in their overlap regions when
synthesizing the monaural sum signal. In the present embodiment, it is assumed that each frame may only include up
to one transient code CT and an example of such a transient is indicated by the numeral 44.
�[0048] The analyzer 18 further comprises a spatial parameter layer generator 19. This component performs the quan-
tization of the spatial parameters for each spatial parameter frame as described above. In general, the generator 19
divides each spatial layer channel 14 into frames 46, which represent overlapping time segments of length 64ms and
which are updated every 32 ms, Figure 4. Each frame includes an ILD, an ITD, an OTD and a correlation value (r) and
in the decoder the values for successive frames are blended in their overlap regions to determine the spatial layer
parameters for any given time when synthesizing the signal.
�[0049] In the preferred embodiment, transient positions detected by the transient coder 11 in the monaural layer 40
(or by a corresponding analyzer module in the summed signal 12) are used by the generator 19 to determine if non-
uniform time segmentation in the spatial parameter layer�(s) 14 is required. If the encoder is using an mp3 coder to
generate the monaural layer, then the presence of a window switching flag in the monaural stream is used by the
generator as an estimate of a transient position.
�[0050] Finally, once the monaural 40 and spatial representation 14 layers have been generated, they are in turn written
by a multiplexer 43 to a bitstream 50. This audio stream 50 is in turn furnished to e.g. a data bus, an antenna system,
a storage medium etc.
�[0051] Referring now to Figure 5, a decoder 60 for use in combination with an encoder described above includes a
de-�multiplexer 62 which splits an incoming audio stream 50 into the monaural layer 40’ and in this case a single spatial
representation layer 14’. The monaural layer 40’ is read by a conventional synthesizer 64 corresponding to the encoder
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which generated the layer to provide a time domain estimation of the original summed signal 12’.
�[0052] Spatial parameters 14’ extracted by the de-�multiplexer 62 are then applied by a post-�processing module 66 to
the sum signal 12’ to generate left and right output signals. The post-�processing module of the preferred embodiment
also reads the monaural layer 14’ information to locate the positions of transients in this signal and processes them
appropriately. This is, of course, the case only where such transients have been encoded in the signal. (Alternatively,
the synthesizer 64 could provide such an indication to the post-�processor;� however, this would require some slight
modification of the otherwise conventional synthesizer 64.)
�[0053] Within the post-�processor 66, it is assumed that a frequency-�domain representation of the sum signal 12’ as
described in the analysis section is available for processing. This representation may be obtained by windowing and
FFT operations of the time-�domain waveform generated by the synthesizer 64. Then, the sum signal is copied to left
and right output signal paths. Subsequently, the correlation between the left and right signals is modified with a decorrelator
69’, 69" using the parameter r.
�[0054] Subsequently, in respective stages 70’, 70", each subband of the left signal is delayed by the value TSL and
the right signal is delayed by TSR given the (quantized) from the values of OTD and ITD extracted from the bitstream
corresponding to that subband. The values of TSL and TSR are calculated according to the formulae given above.
Finally, the left and right subbands are scaled according to the ILD for that subband in respective stages 71’, 7 1 ".
Respective transform stages 72’, 72" then convert the output signals to the time domain, by performing the following
steps: (1) inserting complex conjugates at negative frequencies, (2) inverse FFT, (3) windowing, and (4) overlap-�add.
�[0055] As an alternative to the above coding scheme, there are many other possible ways in which the phase difference
could be encoded. For example, the parameters might include an ITD and a certain distribution key, e.g., x. Then, the
phase change of the left channel would be encoded as x‡ITD, while the phase change of the right channel would be
encoded as (1-�x)�*ITD. Clearly, many other encoding schemes can be used to implement embodiments of the invention.
�[0056] It is observed that the present invention can be implemented in dedicated hardware, in software running on a
DSP (Digital Signal Processor) or on a general-�purpose computer. The present invention can be embodied in a tangible
medium such as a CD-�ROM or a DVD-�ROM carrying a computer program for executing an encoding method according
to the invention. The invention can also be embodied as a signal transmitted over a data network such as the Internet,
or a signal transmitted by a broadcast service. The invention has particular application in the fields of Internet download,
Internet radio, Solid State Audio (SSA), bandwidth extension schemes, for example, mp3PRO, CT-�aacPlus (see
www.codingtechnologies.com), and most audio coding schemes.

Claims

1. A method of coding an audio signal, the method comprising:�

generating a monaural signal from at least two audio input channels;
generating an encoded signal that includes the monaural signal and a set of parameters to enable reproduction
of two audio output signals each corresponding to a respective input channel;

characterized in that: �

the parameters include an indication of an overall shift, this being a measure of the delay between the encoded
monaural output signal and one of the input signals.

2. A method as claimed in claim 1, wherein, for transmission, a linear combination of the overall shift and an interchannel
phase or time difference is used.

3. A method according to claim 1 in which the overall shift is an overall time shift.

4. A method according to claim 1 in which the overall shift is an overall phase shift.

5. A method according to claim 1 in which the overall shift is determined by the best matching delay (or phase) between
the fully-�encoded monaural output signal and one of the input signals.

6. A method according to claim 5 in which the best matching delay corresponds to the maximum in the cross-�correlation
function between corresponding time/�frequency tiles of the input signals

7. A method according to claim 1 in which the overall shift is calculated with respect to the input signal of greater
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amplitude.

8. A method according to claim 1 in which the phase difference is encoded with a lesser quantization error than the
overall shift.

9. An encoder for coding an audio signal comprising
means for generating a monaural signal from at least two audio input channels;�
means for generating an encoded signal that includes the monaural signal and parameters to enable reproduction
of two audio output signals, each corresponding to a respective input channel;�
characterized in that
the parameters include an indication of an overall shift, this being a measure of the delay between the encoded
monaural output signal and one of the input signals.

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

an input for receiving an audio signal,
an encoder according to claim 9 for encoding the audio signal to obtain an encoded audio signal, and
an output for supplying the encoded audio signal.

11. An encoded audio signal, the signal comprising
a monaural signal derived from at least two audio input channels;�
an encoded signal that includes the monaural signal and parameters to enable reproduction of two audio output
signals, each corresponding to a respective input channel;�
characterized in that: �

the parameters include an indication of an overall shift, this being a measure of the delay between the encoded
monaural output signal and one of the input signals.

12. An encoded audio signal as claimed in claim 11, wherein, for transmission, a linear combination of the overall shift
and an interchannel phase or time difference is used.�

13. A method of decoding an encoded audio signal representing at least two audio channels, the encoded audio signal
including an encoded monaural signal and spatial parameters,�
characterized in that the encoded signal includes parameters indicative of an overall shift being a measure of the
delay between the encoded monaural output signal and one of the audio channels;�
and in that the method comprises generating a stereo pair of output audio signals offset in time and phase by an
interval specified by the parameters.

14. A decoder for decoding an encoded audio signal representing at least two audio channels, the encoded audio signal
including an encoded monaural signal and spatial parameters,�
characterized in that the encoded audio signal includes parameters indicative of an overall shift being a measure
of the delay between the encoded monaural signal and one of the audio channels;�
and in that the decoder comprises means for generating a stereo pair of output audio signals offset in time and
phase by an interval specified by the parameters.

15. A decoder as claimed in claim 14, wherein a linear combination of the overall shift and an interchannel time or phase
difference is used for transmission.

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

an input for receiving an encoded audio signal,
a decoder as claimed in claim 14 for decoding the encoded audio signal to obtain a multi-�channel output signal,
an output for supplying or reproducing the multi- �channel output signal.

Patentansprüche

1. Verfahren zum Codieren eines Audiosignals, wobei das Verfahren Folgendes umfasst: �
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- das Erzeugen eines Mono-�Signals aus wenigstens zwei Audio-�Eingangskanälen;
- das Erzeugen eines codierten Signals, das das Mono-�Signal und einen Satz aus Parametern aufweist um die
Wiedergabe zweier Audio-�Ausgangssignale zu ermöglichen, die je einem betreffenden Eingangskanal entspre-
chen;

dadurch gekennzeichnet, dass

- die Parameter eine Angabe einer Gesamtverschiebung umfassen, wobei dies ein Maß der Verzögerung
zwischen dem codierten Mono-�Ausgangssignal und einem der Eingangssignale ist.

2. Verfahren nach Anspruch 1, wobei zur Übertragung eine lineare Kombination der Gesamtverschiebung und einer
Zwischenkanalphase oder Zeitdifferenz verwendet wird.

3. Verfahren nach Anspruch 1, wobei die Gesamtverschiebung eine Gesamtzeitverschiebung ist.

4. Verfahren nach Anspruch 1, wie die Gesamtverschiebung eine Gesamtphasenverschiebung ist.

5. Verfahren nach Anspruch 1, wobei die Gesamtverschiebung durch die am besten passende Verzögerung (oder
Phase) zwischen dem völlig codierten Mono-�Ausgangssignal und einem der Eingangssignale bestimmt wird.

6. Verfahren nach Anspruch 5, wobei die am besten passende Verzögerung mit dem Maximum in der Kreuzkorrela-
tionsfunktion zwischen entsprechenden Zeit/�Frequenzstapeln der Eingangssignale übereinstimmt.

7. Verfahren nach Anspruch 1, wobei die Gesamtverschiebung in Bezug auf das Eingangssignal größerer Amplitude
berechnet wird.

8. Verfahren nach Anspruch 1, wobei die Phasendifferenz mit einem kleineren Quantisierungsfehler als die Gesamt-
verschiebung codiert wird.

9. Codierer zum Codieren eines Audiosignals, der Folgendes umfasst:�

- Mittel zum Erzeugen eines Mono-�Signals aus wenigstens zwei Audio- �Eingangssignalen;
- Mittel zum Erzeugen eines codierten Signals, das das Mono-�Signal und Parameter aufweist um eine Wieder-
gabe zweier Audiosignale zu ermöglichen, die je einem betreffenden Eingangskanal entsprechen;

dadurch gekennzeichnet, dass

- die Parameter umfassen eine Angabe einer Gesamtverschiebung, wobei dies ein Maß der Verzögerung
zwischen dem codierten Mono-�Ausgangssignal und einem der Eingangssignale ist.

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

- einen Eingang zum Empfangen eines Audiosignals,
- einen Codierer nach Anspruch 9 zum Codieren des Audiosignal zum Erhalten eines codierten Audisignals, und
- einen Ausgang zum Liefern des codierten Audiosignals.

11. Codiertes Audiosignal, wobei das Signal Folgendes umfasst:�

- ein Mono-�Signal, hergeleitet von wenigstens zwei Audio- �Eingangskanälen;
- ein codiertes Signal, das das Mono-�Signal und Parameter umfasst um eine Wiedergabe zweier Audio- �Aus-
gangssignale zu ermöglichen, die je einem betreffenden Eingangskanal entsprechen;

dadurch gekennzeichnet, dass

- die Parameter eine Angabe der Gesamtverschiebung umfassen, wobei dies ein Maß der Verzögerung zwischen
dem codierten Mono-�Ausgangssignal und einem der Eingangssignale ist.

12. Codiertes Audiosignal nach Anspruch 11, wobei zur Übertragung eine lineare Kombination der Gesamtverschiebung
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und einer Zwischenkanalphase oder Zeitdifferenz verwendet wird.

13. Verfahren zum Decodieren eines codierten Audiosignals, das wenigstens zwei Audiokanäle darstellt, wobei das
codierte Audiosignal ein codiertes Mono-�Signal und räumliche Parameter umfasst,�
dadurch gekennzeichnet, dass das codierte Signal Parameter umfasst, die für eine Gesamtverschiebung indikativ
sind, die ein Maß der Verzögerung zwischen dem codierten Mono-�Ausgangssignal und einem der Audiokanäle ist,
und dass das Verfahren die Erzeugung eines Stereopaares von Ausgangs- �Audiosignalen umfasst, die in der Zeit
und in der Phase um ein Intervall versetzt sind, spezifiziert durch die Parameter.

14. Decoder zum decodieren eines codierten Audiosignals, das wenigstens zwei Audiokanäle darstellt, wobei das
codierte Audiosignal ein codiertes Mono-�Signal und räumliche Parameter umfasst,�
dadurch gekennzeichnet, dass das codierte Audiosignal Parameter aufweist, die für eine Gesamtverschiebung
indikativ sind, die ein Maß der Verzögerung zwischen dem codierten Mono-�Signal und einem der Audiokanäle ist,
und dass der Decoder Mittel aufweist zum Erzeugen eines Stereopaares von Ausgangs-�Audiosignalen, die in der
Zeit und in der Phase um ein Intervall versetzt sind, spezifiziert durch die Parameter.

15. Decoder nach Anspruch 14, wobei eine lineare Kombination der Gesamtverschiebung und einer Zwischenkanal-
Zeit- oder Phasendifferenz zur Übertragung verwendet wird.

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

- einen Eingang zum Empfangen eines codierten Audiosignals,
- einen Decoder nach Anspruch 14 zum Decodieren des codierten Audiosignals zum Erhalten eines Mehrkanal-
Ausgangssignals,
- einen Ausgang zum Liefern oder Wiedergeben des Mehrkanal-�Ausgangssignals.

Revendications

1. Procédé de codage d’un signal audio, le procédé comprenant : �

la génération d’un signal monophonique à partir d’au moins deux canaux d’entrée audio;
la génération d’un signal encodé qui inclut le signal monophonique et un ensemble de paramètres pour permettre
la reproduction de deux signaux de sortie audio correspondant chacun à un canal d’entrée respectif;

caractérisé en ce que : �

les paramètres incluent une indication d’un déplacement global, étant une mesure du délai entre le signal de
sortie monophonique encodé et un des signaux d’entrée.

2. Procédé selon la revendication 1, dans lequel, pour la transmission, une combinaison linéaire du déplacement
global et d’une différence de phase ou de temps intercanal est utilisée.

3. Procédé selon la revendication 1 dans lequel le déplacement global est un déplacement temporel global.

4. Procédé selon la revendication 1 dans lequel le déplacement global est un déplacement de phase globale.

5. Procédé selon la revendication 1 dans lequel le déplacement global est déterminé par le meilleur délai (ou phase)
de correspondance entre le signal de sortie monophonique complètement encodé et un des signaux d’entrée.

6. Procédé selon la revendication 5 dans lequel le meilleur délai de correspondance correspond au maximum de la
fonction de corrélation croisée entre des juxtapositions de temps/fréquence correspondantes des signaux d’entrée

7. Procédé selon la revendication 1 dans lequel le déplacement global est calculé par rapport au signal d’entrée de
plus grande amplitude.

8. Procédé selon la revendication 1 dans lequel la différence de phase est encodée avec une erreur de quantification
moindre que le déplacement global.
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9. Encodeur pour coder un signal audio comprenant
les moyens de génération d’un signal monophonique à partir d’au moins deux canaux d’entrée audio;�
les moyens de génération d’un signal encodé qui inclut le signal monophonique et les paramètres pour permettre
la reproduction de deux signaux de sortie audio correspondant chacun à un canal d’entrée respectif;�
caractérisé en ce que : �

les paramètres incluent une indication d’un déplacement global, étant une mesure du délai entre le signal de
sortie monophonique encodé et un des signaux d’entrée.

10. Appareil procurant un signal audio, l’appareil comprenant : �

une entrée pour recevoir un signal audio,
un encodeur selon la revendication 9 pour encoder le signal audio pour obtenir un signal audio encodé, et
une sortie pour fournir le signal audio encodé.

11. Signal audio encodé, le signal comprenant
un signal monophonique dérivé d’au moins deux canaux d’entrée audio; un signal encodé qui inclut le signal mo-
nophonique et les paramètres pour permettre la reproduction de deux signaux de sortie audio, correspondant chacun
à un canal d’entrée respectif;�
caractérisé en ce que : �

les paramètres incluent une indication d’un déplacement global, étant une mesure du délai entre le signal de
sortie monophonique encodé et un des signaux d’entrée.

12. Signal audio encodé selon la revendication 11, dans lequel, pour la transmission, une combinaison linéaire du
déplacement global et d’une différence de phase ou de temps intercanal sont utilisées.

13. Procédé de décodage d’un signal audio encodé représentant au moins deux canaux audio, le signal audio encodé
comprenant un signal monophonique encodé et des paramètres spatiaux,�
caractérisé en ce que  le signal encodé inclut des paramètres indicatifs d’un déplacement global étant une mesure
du délai entre le signal de sortie monophonique encodé et un des signaux d’entrée;�
et en ce que le procédé comprend de plus la génération d’une paire stéréo de signaux audio de sortie décalée en
temps et en phase par un intervalle spécifié par les paramètres.

14. Décodeur pour décoder un signal audio encodé représentant au moins deux canaux audio, le signal audio encodé
comprenant un signal monophonique encodé et des paramètres spatiaux,�
caractérisé en ce que  le signal encodé inclut des paramètres indicatifs d’un déplacement global étant une mesure
du délai entre le signal de sortie monophonique encodé et un des signaux d’entrée de l’encodeur;�
et en ce que le décodeur comprend de plus les moyens de génération d’une paire stéréo de signaux audio de sortie
décalée en temps et en phase par un intervalle spécifié par les paramètres.

15. Décodeur selon la revendication 14, dans lequel une combinaison linéaire du déplacement global et une différence
de temps ou de phase intercanal sont utilisées pour la transmission.

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

une entrée pour recevoir un signal audio encodé,
un décodeur selon la revendication 14 pour décoder le signal audio encodé pour obtenir un signal de sortie
multi canaux,
une sortie, pour fournir ou reproduire le signal de sortie multi canaux.
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