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MULTISIGNAL AUDIO CODING USING SIGNAL WHITENING AS
PREPROCESSING

Specification

Embodiments relate to an MDCT-based multi-signal encoding and decoding system with
stgnal-adaptive joint channel processing, wherein the signal can be a channel, and the mul-
tisignal is a multichannel signal or, alternatively an audio signal being a component of a
sound field description such as an Ambisonics component, i.e., W, X,Y,Z in first order Ambi-
sonics or any other component in a higher order Ambisonics description. The signal can also

be a signal of an A-format or B-format or any other format description of a sound field.

e In MPEG USAC [1], joint stereo coding of two channels is performed using Complex Pre-
diction, MPS 2-1-2 or Unified Stereo with band-limited or full-band residual signals.

o MPEG Surround [2] hierarchically combines OTT and TTT Boxes for joint coding of multi-

channel audio with or without transmission of residual signals.

s MPEG-H Quad Channel Elements [3] hierarchically apply MPS2-1-2 Stereo boxes fol-

lowed by Complex Prediction/MS Stereo boxes building a "fixed" 4x4 remixing tree.

e AC4 [4] introduces new 3-, 4- and 5- channel elements that allow for remixing transmitted

channels via a transmitted mix matrix and subsequent joint stereo coding information.

» Prior publications suggest to use orthogonal transforms like Karhunen-Loeve Transform
(KLT) for Enhanced Multichannel Audio Coding [5].

s The Multichannel Coding Tool (MCT) [6] — which supports joint coding of more than two
channels, enables flexible and signal-adaptive joint channel coding in the MDCT domain.
This is achieved by an iterative combination and concatenation of stereo coding tech-
niques such as real-valued complex stereo prediction as well as rotation sterec coding

{(KLT) of two designated channels.

in the 3D Audio context, loudspeaker channels are distributed in several height layers, result-
ing in horizontal and vertical channel pairs. Joint coding of only two channels as defined in

USAC 1s not sufficient to consider the spatial and perceptual relations between channels.
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MPEG Surround is applied in an additional pre-/postprocessing step, residual signals are
transmitted individually without the possibility of joint stereo coding, e.g. to exploit dependen-
cies between left and right vertical residual signals. In AC-4 dedicated N-channel elements
are introduced that allow for efficient encoding of joint coding parameters, but fail for generic
speaker setups with more channels as proposed for new immersive playback scenarios
(7.1+4, 22.2). MPEG-H Quad Channel element is also restricted to only 4 channels and can-
not be dynamically applied to arbitrary channels but only a pre-configured and fixed number
of channels. MCT introduces the flexibility of signal-adaptive joint channel coding of arbitrary
channels, but stereo processing is conducted on windowed and transformed non-normalized
(non whitened) signals. Furthermore, coding of the prediction coefficients or angles in each

band for each stereo box requires a significant number of bits.

It is an object of the present invention to provide an improved and more flexible concept for

multi-signal encoding or decoding.

This object is achieved by a multi-signal encoder of claim 1, a multi-signal decoder of claim
32, a method for performing multi-signal encoding of claim 44, a method for performing multi-
signal decoding of claim 45, a computer program of claim 46 or an encoded signal of claim
47.

The present invention is based on the finding that a multi-signal encoding efficiency is sub-
stantially enhanced by performing the adaptive joint signal processing not on the original
sighals but on preprocessed audio signals where this pre-processing is performed so that a
pre-processed audio signal is whitened with respect to the signal before pre-processing. With
respect to the decoder side, this means that a post processing is performed subsequent to
the joint signal processing to obtain at least three processed decoded signals. These at least
three processed decoded signals are post processed in accordance with side information
included in the encoded signal, wherein the post processing is performed in such a way that
the post processed signals are less white than the signals before post processing. The post
processed signals finally represent, either directly or subsequent to further signal processing

operations, the decoded audio signal, i.e., the decoded multi-signal.

Especially for immersive 3D audio formats, efficient multichannel coding exploiting the prop-
erties of a plurality of signals are obtained to reduce the amount of transmission data while
preserving the overall perceptual audio quality. In a preferred implementation, a signal adap-
tive joint coding within a multichannel system is performed using perceptually whitened and,

additionally, inter-channel level difference (ILD) compensated spectra. A joint coding is per-
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formed preferably using a simple per band M/S transform decision that is driven based on an

estimated number of bits for an entropy coder.

A multi-signal encoder for encoding at least three audio signals comprises a signal prepro-
cessor for individually preprocessing each audio signal to obtain at least three preprocessed
audio signals, where the preprocessing is performed so that the preprocessed audio signal is
whitened with respect to the signal before preprocessing. An adaptive joint signal processing
of the at least three preprocessed audio signals is performed to obtain at least three jointly
processed signals. This processing operates on whitened signals. The preprocessing results
in the extraction of certain signal characteristics such as a spectral envelope or so that, if not
extracted, would reduce the efficiency of the joint signal processing such as a joint stereo or
a joint multichannel processing. Additionally, in order to enhance the joint signal processing
efficiency, a broadband energy normalization of the at least three preprocessed audio signals
is performed so that each preprocessed audio signal has a normalized energy. This broad-
band energy normalization is signaled into the encoded audio signal as side information so
that this broadband energy normalization can be reversed on the decoder side subsequent to
inverse joint stereo or joint multichannel signal processing. By means of this preferred addi-
tional broadband energy normalization procedure, the adaptive joint signal processing effi-
ciency is enhanced so that the number of bands or even the number of full frames that can
be subjected to mid/side processing in contrast to left/right processing (dual mono pro-
cessing) is substantially enhanced. The efficiency of the whole stereo encoding process is
enhanced more and more the higher the number of bands or even full frames that are sub-

jected to common stereo or multichannel processing such as mid/side processing becomes.

The lowest efficiency is obtained, from the stereo processing view, when the adaptive joint
signal processor has to adaptively decide, for a band or for a frame that this band or frame is
to be processed by "dual mono” or left/right processing. Here, the left channel and the right
channel are processed as they are, but naturally in the whitened and energy normalized do-
main. When, however, the adaptive joint signal processor adaptively determines, for a certain
band or frame that a mid/side processing is performed, the mid signal is calculated by adding
the first and the second channel and the side signal is calculated by calculating the differ-
ence from the first and the second channel of the channel pair. Typically, the mid signal is,
with respect to its value range, comparable to one of the first and the second channels, but
the side signal will typically be a signal with a small energy that can be encoded with high
efficiency or, even in the most preferred situation, the side signal is zero or close to zero so
that spectral regions of the side signal can even be quantized to zero and, therefore, be en-

tropy encoded in a highly efficient way. This entropy encoding is performed by the signal
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encoder for encoding each signal to obtain one or more encoded signals and the output in-
terface of the multi-signal encoder transmits or stores an encoded multi-signal audio signal
comprising: the one or more encoded signals, side information relating to the preprocessing

and side information relating to the adaptive joint signal processing.

On the decoder-side, the signal decoder that typically comprises an entropy decoder de-
codes the at least three encoded signals typically relying on a preferable included bit distribu-
tion information. This bit distribution information is included as side information in the encod-
ed multi-signal audio signal and can, for example, be derived in the encoder-side by looking
at the energy of the signals at the input into the signal (entropy) encoder. The output of the
signal decoder within the multi-signal decoder is input into a joint signal processor for per-
forming a joint signal processing in accordance with side information included in the encoded
signal to obtain at least three processed decoded signals. This joint signal processor prefer-
ably undoes the joint signal processing performed on the encoder-side and, typically, per-
forms an inverse stereo or inverse multichannel processing. In the preferred implementation,
the joint signal processor applies a processing operation to calculate left/right signals from
mid/side signals. When, however, the joint signal processor determines from the side infor-
mation that, for a certain channel pair, a dual mono processing is already there, this situation

is noted and used in the decoder for further processing.

The joint signal processor on the decoder-side can be, as the adaptive joint signal processor
on the encoder-side, a processor operating in the mode of a cascaded channel-pair tree or a
simplified tree. A simplified tree also represents some kind of cascaded processing, but the
simplified tree is different from the cascaded channel pair tree in that the output of a pro-

cessed pair cannot be an input into another to be processed pair.

It can be the case that, with respect to a first channel pair that is used by the joint signal pro-
cessor on the multi-signal decoder side in order to start the joint signal processing, this first
channel pair that was the last channel pair processed on the encoder side has, for a certain
band, a side information indicating dual mono but, these dual mono signals can be used,
later on in a channel pair processing as a mid signal or a side signal. This is signaled by the
corresponding side information related to a pair-wise processing performed for obtaining the

at least three individually encoded channels to be decoded on the decoder-side.

Embodiments relate to an MDCT-based multi-signal encoding and decoding system with
signal-adaptive joint channel processing, wherein the signal can be a channel, and the mul-

tisignal is a multichannel signal or, alternatively an audio signal being a component of a
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sound field description such as an Ambisonics component, i.e., W, X,Y,Z in first order Ambi-
sonics or any other component in a higher order Ambisonics description. The signal can also

be a signal of an A-format or B-format or any other format description of a sound field.

Subsequently, further advantages of preferred embodiments are indicated. The codec uses
new concepts to merge the flexibility of signal adaptive joint coding of arbitrary channels as
described in [6] by introducing the concepts described in [7] for joint stereo coding. These

are:

a) Use of perceptually whitened signals for further coding (similar to the way they are
used in a speech coder). This has several advantages:

. Simplification of the codec architecture

. Compact representation of the noise shaping characteristics/masking threshold (e.g.
as LPC coefficients)

. Unifies transform and speech codec architecture and thus enables combined au-
dio/speech coding

b) Use of a ILD parameters of arbitrary channels to efficiently code panned sources

c) Flexible bit distribution among the processed channels based on the energy.

The codec furthermore uses Frequency Domain Noise Shaping (FDNS) to perceptually whit-
en the signal with the rate-loop as described in [8] combined with the spectral envelope
warping as described in [9]. The codec further normalized the FDNS-whitened spectrum to-
wards the mean energy level using ILD parameters. Channel pairs for joint coding are se-
lected in an adaptive manner as described in [6] , where the stereo coding consist of a band-
wise M/S vs L/R decision. The band-wise M/S decision is based on the estimated bitrate in
each band when coded in the L/R and in the M/S mode as described in [7]. Bitrate distribu-

tion among the band-wise M/S processed channels is based on the energy.

Preferred embodiments of the present invention are subsequently explained with respect to

the accompanying drawings, in which:

Fig. 1 illustrates a block diagram of a single-channel preprocessing in a preferred

implementation;

Fig. 2 illustrates a preferred implementation of a block diagram of the multi-signal

encoder;
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iHlustrates the preferred implementation of the cross-correlation vector and

channel pair selection procedure of Fig. 2;

illustrates an indexing scheme of channel pairs in a preferred implementation;

illustrates a preferred implementation of the multi-signal encoder in accord-

ance with the present invention;

illustrates a schematic representation of an encoded multi-channel audio sig-

nal frame;

illustrates a procedure performed by the adaptive joint signal processor of Fig.
ha;

illustrates a preferred implementation performed by the adaptive joint signal

processor of Fig. 8;

illustrates another preferred implementation performed by the adaptive joint

signal processor of Fig. 5;

illustrates another procedure for the purpose of performing bit allocation to be

used by the quantization encoding processor of Fig. 5;

illustrates a block diagram of a preferred implementation of the multi-signal

decoder:;

illustrates a preferred implementation performed by the joint signal processor
of Fig. 10;

ilustrates a preferred implementation of the signal decader of Fig. 10;

illustrates another preferred implementation of the joint signal processor in the

context of bandwidth extension or intelligent gap filling (IGF);

illustrates a further preferred implementation of the joint signal processor of
Fig. 10;
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Fig. 15a illustrates preferred processing blocks performed by the signal decoder and

the joint signal processor of Fig. 10; and

Fig. 15b llustrates an implementation of the post processor for performing a de-

whitening operation and optional other procedures.

Fig. 5 illustrates a preferred implementation of a multi-signal encoder for encoding at least
three audio signals. The at least three audio signals are input into a signal processor 100 for
individually preprocessing each audio signal to obtain at least three preprocessed audio sig-
nals 180, wherein the preprocessing is performed so that the preprocessed audio signals are
whitened with respect to the corresponding signals before preprocessing. The at least three
preprocessed audio signals 180 are input into an adaptive joint signal processor 200 that is
configured for performing a processing of the at least three preprocessed audio signals to
obtain at least three jointly processed signals or, in an embodiment, at least two jointly pro-
cessed signals and an unprocessed signal as will be explained later. The multi-signal encod-
er comprises a signal encoder 300 that is connected to an output of the adaptive joint signal
processor 200 and that is configured for encoding each signal output by the adaptive joint
signal processor 200 to obtain one or more encoded signals. These encoded signals at the
output of the signal encoder 300 are forwarded to an output interface 400. The output inter-
face 400 is configured for transmitting or storing an encoded multi-signal audio signal 500
where the encoded multi-signal audio signal 500 at the output of the output interface 400
comprises the one or more encoded signals as generated by the signal encoder 300, side
information 520 relating to the preprocessing performed by the signal preprocessor 200, i.e.,
whitening information, and, additionally the encoded multi-signal audio signal additionally
comprises side information 530 relating to the processing performed by the adaptive joint

signal processor 200, i.e., side information relating to the adaptive joint signal processing.

In a preferred implementation, the signal encoder 300 comprises a rate loop processor that is
controlled by bit distribution information 536 that is generated by the adaptive joint signal
processor 200 and that is not only forwarded from block 200 to block 300 but that is also for-
warded, within the side information 530, to the output interface 400 and, therefore, into the
encoded multi-signal audio signal. The encoded multi-signal audio signal 500 is typically
generated in a frame-by-frame way where the framing and, typically, a corresponding win-

dowing and time-frequency conversion is performed within the signal preprocessor 100.

An exemplary illustration of a frame of the encoded multi-signal audio signal 500 is illustrated

in Fig. 5b. Fig. 5b illustrates a bit stream portion 510 for the individually encoded signals as
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generated by block 300. Block 520 is for the preprocessing side information generated by
block 100 and forwarded to the output interface 400. Additionally, a joint processing side in-
formation 530 is generated by the adaptive joint signal processor 200 of Fig. 5a and intro-
duced into the encoded multi-signal audio signal frame illustrated in Fig. 5b. To the right of
the illustration in Fig. 5b, the next frame of the encoded multi-signal audio signal would be
written into a serial bit stream while, to the left of the illustration in Fig. 5b, an earlier frame of

the encoded multi-signal audio signal would be written.

As will be illustrated later on, the preprocessing comprises a temporal noise shaping pro-
cessing and/or a frequency domain noise shaping processing or LTP (long term prediction)
processing or windowing processing operations. The corresponding preprocessing side in-
formation 550 may comprise at least one of the temporal noise shaping (TNS) information,
frequency domain noise shaping (FDNS) information, long term prediction (LTP) information

of windowing or window information.

Temporal noise shaping comprises a prediction of a spectral frame over frequency. A spec-
tral value with a higher frequency is predicted using a weighted combination of spectral val-
ues having lower frequencies. The TNS side information comprises the weights of the
weighted combination that are also known as LPC coefficients derived by the prediction over
frequency. The whitened spectral values are the prediction residual values, i.e., the differ-
ences, per spectral value, between the original spectral value and the predicted spectral val-
ue. On the decoder side, an inverse prediction of an LPC synthesis filtering is performed in

order to undo the TNS processing on the encoder side.

FDNS processing comprises weighting spectral values of a frame using weighting factors for
the: corresponding spectral values, where the weighting values are derived from the LPC
coefficients calculated from a block/frame of the windowed time domain signal. The FDNS
side information comprises a representation of the LPC coefficients derived from the time

domain signal.

Anocther whitening procedure also useful for the present invention is a spectral equalization
using scale factors so that the equalized spectrum represents a version being whiter than a
non-equalized version. The side information would be the scale factors used for weighting
and the inverse procedure comprises undoing the equalization on the decoder side using the

transmitted scale factors.
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Another whitening procedure comprises performing an inverse filtering of the spectrum using
an inverse filter controlled by the LPC coefficients derived from the time domain frame as
known in the art of speech coding. The side information is the inverse filter information and

this inverse filtering is undone in the decoder using the transmitted side information.

Another whitening procedure comprises performing an LPC analysis in the time domain and
calculating time domain residual values that are then converted into the spectral range. Typi-
cally, the thus obtained spectral values are similar to the spectral values obtained by FDNS.
On the decoder side, the postprocessing comprises performing the LPC synthesis using the

transmitted LPC coeflicients representation.

The joint processing side information 530 comprises, in a preferred implementation, a pair-
wise processing side information 532, an energy scaling information 534 and a bit distribution
information 536. The pairwise processing side information may comprise at least one of the
channel pair side information bits, a full mid/side or dual mono or band-wise mid/side infor-
mation and, in case of a band-wise mid/side indication, a mid/side mask indicating, for each
bandwidth in a frame, whether the band is processed by mid/side or L/R processing. The
pairwise processing side information may additionally comprise intelligent gap filling (IGF) or
other bandwidth extension information such as SBR {spectral band replication) information or

S0:

The energy scaling information 534 may comprise, for each whitened, i.e., preprocessed
signal 180, an energy scaling value and a flag, indicating, whether the energy scaling is an
upscaling or a downscaling. In case of eight channels, for example, block 534 would com-
prise eight scaling values such as eight quantized ILD values and eight flags indicating, for
each of the eight channels, whether an upscaling or downscaling has been done within the
encoder or has to be done within the decoder. An upscaling in the encoder is necessary,
when the actually energy of a certain preprocessed channel within a frame is below the
mean energy for the frame among all channels, and a downscaling is necessary, when the
actual energy of a certain channel within the frame is above the mean energy over all chan-
nels within the frame. The joint processing side information may comprise a bit distribution
information for each of the jointly processed signals or for each jointly processed signals and,
if available, an unprocessed signal, and this bit distribution information is used by the signal
encoder 300 as illustrated in Fig. 5a and is, correspondingly used by the used signal decoder
illustrated in Fig. 10 that receives this bit stream information via an input interface from the

encoded signal.
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Fig. 6 illustrates a preferred implementation of the adaptive joint signal processor. The adap-
tive joint signal processor 200 is configured to perform a broadband energy normalization of
the at least three preprocessed audio signals, so that each preprocessed audio signal has a
normalized energy. The output interface 400 is configured to include, as a further side infor-
mation, a broadband energy normalization value for each preprocessed audio signal where
this value corresponds to the energy scaling information 534 of Fig. 5b. Fig. 6 illustrates a
preferred implementation of the broadband energy normalization. In step 211, a broadband
energy for each channel is calculated. The input into block 211 is constituted by the prepro-
cessed (whitened) channels. The result is a broadband energy value for each channel of the
Ciwta Channels. In block 212, a mean broadband energy is calculated typically by adding to-
gether the individual values and by dividing the individual values by the number of channels.
However, other mean calculating procedures such a geometric mean or so can be per-

formed.

In step 213, each channel is normalized. To this end, a scaling factor or value and an up- or
downscaling information is determined. Block 213, therefore, is configured to output the scal-
ing flag for each channel indicated at 534a. In block 214, the actual quantization of the scal-
ing ratio determined in block 212 is performed, and this quantized scaling ratio is output at
534b for each channel. This quantized scaling ratio is also indicated as inter-channel level
difference ILD(k), i.e., for a certain channel k with respect to a reference channel having the
mean energy. In block 215, the spectrum of each channel is scaled using the quantized scal-
ing ratio. The scaling operation in block 215 is controlled by the output of block 213, i.e., by
the information whether an upscaling or downscaling is to be performed. The output of block

215 represents a scaled spectrum for each channel.

Fig. 7 illustrates a preferred implementation of the adaptive joint signal processor 200 with
respect to the cascaded pair processing. The adaptive joint signal processor 200 is config-
ured to calculate cross-correlation values for each possible channel pair as indicated in block
221. Block 229 illustrates the selection of a pair with the highest cross-correlation value and
in block 232a, a joint stereo processing mode is determined for this pair. A joint stereo pro-
cessing mode may consist of mid/side coding for the full frame, mid/side coding in a band-
wise manner, i.e., where it is determined for each band of a plurality of bands, whether this
band is to be processed in mid/side or L/R mode, or, whether, for the actual frame, a full
band dual-mono processing is to be performed for this specific pair under consideration. In
block 232b, the joint stereo processing for the selected pair is actually performed using the

mode as determined in block 232a.

10
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In block 235, 238, the cascaded processing with the full tree or a simplified tree processing
or a non-cascaded processing are continued until a certain termination criterion. At the cer-
tain termination criterion, a pair indication output by, for example, block 229 and a stereo
mode processing information output by block 232a are generated and input into the bit

stream in the pairwise processing side information 532 explained with respect to Fig. 5b.

Fig. 8 illustrates a preferred implementation of the adaptive joint signal processor for the pur-
pose of preparing for the signal encoding performed by the signal encoder 300 of Fig. 5a. To
this end, the adaptive joint signal processor 200 calculates a signal energy for each stereo
processed signal in block 282. Block 282 receives, as an input, joint stereo processed sig-
nals and, in case of a channel that has not been subjected to a stereo processing since this
channel was not found to have a sufficient cross correlation with any other channel to form a
useful channel pair, this channel is input into block 282 with a reversed or modified or non-
normalized energy. This is generally indicated as an “energy reverted signal”, but the energy
normalization performed in Fig. 6, block 215 does not necessarily have to be fully reverted.
There exists certain alternatives for dealing with a channel signal that has not been found to
be useful together with another channel for the channel pair processing. One procedure is to
reverse the scaling initially performed in block 215 of Fig. 6. Another procedure is to only
partly reverse the scaling or another procedure is to weight the scaled channel in a certain

different way, as the case may be.

In block 284, a total energy among all signals output by the adaptive joint signal processor
200 is calculated. A bit distribution information is calculated in block 286 for each signal
based on the signal energy for each stereo processed signal or, if available, an energy re-
verted or energy weighted signal and based on the total energy output by block 284. This
side information 536 generated by block 286 is, on the one hand, forwarded to the signal
encoder 300 of Fig. 5a and is, additionally, forwarded to the output interface 400 via logic
connection 530 so that this bit distribution information is included in the encoded multi-signal

audio signal 500 of Fig. 5a or Fig. 5b.

The actual bit allocation is performed in a preferred embodiment based on the procedures
illustrated in Fig. 9. In a first procedure, a minimum number of bits for non-LFE (low frequen-
cy enhancement) channels are assigned, and, if available, low frequency enhancement
channel bits. These minimum numbers of bits are required by the signal encoder 300 irre-
spective of a certain signal content. The remaining bits are assigned in accordance with the
bit distribution information 536 generated by block 286 of Fig. 8 and input into block 291, The

11
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assignment is done based on the quantized energy ratio and it is preferred to use the quan-

tized energy ratio rather than an non-quantized energy.

In step 292, a refinement is performed. When the quantization was so that the remaining bits
are assigned and the result is higher than the available number of bits, a subtraction of bits
assigned in block 291 has to be performed. When, however, the quantization of the energy
ratio was so that the assignment procedure in block 291 is so that there are still bits to be
further assigned, these bits can be additionally given or distributed in the refinement step
292. 1f, subsequent to the refinement step, there still exist any bits to use by the signal en-
coder, a final donation step 293'is performed, and the final donation is done to the channel
with the maximum energy. At the output of step 293, the assigned bit budget for each signal

is available.

In step 300, the quantization and entropy encoding of each signal using the assigned bit
budget generated by the process of steps 290, 291, 292, 293 is performed. Basically, the bit
allocation is performed in such a way that a higher energy channel/signal is quantized more
precise than a lower energy channel/signal. Importantly the bit allocation is not done using
the original signals or the whitened signals but is done using the signals at the output of the
adaptive joint signal processor 200 that have different energies than the signals input into the
adaptive joint signal processing due to the joint channel processing. In this context, it is also
to be noted that, although a channel pair processing is the preferred implementation, other
groups of channels can be selected and processed by means of the cross correlation. For
example, groups of three or even four channels can be formed by means of the adaptive joint
signal processor and correspondingly processed in a cascaded full procedure or a cascaded

procedure with-a simplified tree or within a non-cascaded procedure.

The bit allocation illustrated in blocks 290, 291, 292, 293 is performed in the same way on
the decoder-side by means of the signal decoder 700 of Fig. 10 using the distribution infor-
mation 536 as exiracted from the encoded multi-signal audio signal 500.

Preferred Embodiments

In-this implementation, the codec uses new concepts to merge the flexibility of signal adap-

tive joint coding of arbitrary channels as described in [6] by introducing the concepts de-

scribed in:[7] for joint stereo coding. These are:

12
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a) Use of perceptually whitened signals for further coding (similar to the way they are
used in a speech coder). This has several advantages:
e  Simplification of the codec architecture
»  Compact representation of the noise shaping characteristics/masking thresh-
old (e.g. as LPC coefficients)
¢ Unifies transform and speech codec architecture and thus enables combined

audio/speech coding

b) Use of a ILD parameters of arbitrary channels to efficiently code panned sources

c) Flexible bit distribution among the processed channels based on the energy.

The codec uses Frequency Domain Noise Shaping (FDNS) to perceptually whiten the signal
with the rate-loop as described in [8] combined with the spectral envelope warping as de-
scribed in [9]. The codec further normalized the FDNS-whitened spectrum towards the mean
energy level using ILD parameters. Channel pairs for joint coding are selected in an adaptive
manner as described in [6] , where the stereo coding consist of a band-wise M/S vs L/R de-
cision. The band-wise M/S decision is based on the estimated bitrate in each band when
coded in the L/R and in the M/S mode as described in [7]. Bitrate distribution among the

band-wise M/S processed channels is based on the energy.

Embodiments relate to an MDCT-based multi-signal encoding and decoding system with
signal-adaptive joint channel processing, wherein the signal can be a channel, and the mul-
tisignal is a multichannel signal or, alternatively an audio signal being a component of a
sound field description such as an Ambisonics component, i.e., W, X,Y,Z in first order Ambi-
sonics or any other component in a higher order Ambisonics description. The signal can also
be a signal of an A-format or B-format or any other format description of a sound field.
Hence, the same disclosure given for “channels” is also valid for “components” or other “sig-

nals” of the multi-signal audio signal.

Encoder single channel processing up to whitened spectrum

Each single channel k is analyzed and transformed {o a whitened MDCT-domain spectrum
following the processing steps as shown in the block diagram of Fehler! Verweisquelie

konnte nicht gefunden werden..

The processing blocks of the time-domain Transient Detector, Windowing, MDCT, MDST

and OLA are described in [8]. MDCT and MDST form Modulated Complex Lapped Transform
13
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(MCLT); performing separately MDCT and MDST is equivalent to performing MCLT; “MCLT
to MDCT” represents taking just the MDCT part of the MCLT and discarding MDST.

Temporal Noise Shaping (TNS) is done similar as described in [8] with the addition that the
order of the TNS and the Frequency domain noise shaping (FDNS) is adaptive. The exist-
ence of the 2 TNS boxes in the figures is to be understood as the possibility to change the
order of the FDNS and the TNS. The decision of the order of the TNS and the FDNS can be

for example the one described in [9].

Frequency domain noise shaping (FDNS) and the calculation of FDNS parameters are simi-
lar to the procedure described in [9]. One difference is that the FDNS parameters for frames
where TNS is inactive are calculated from the MCLT spectrum. In frames where the TNS is

active, the MDST spectrum is estimated from the MDCT spectrum.

Fig. 1 illustrates a preferred implementation of the signal processor 100 that performs the
whitening of the at least three audio signals to obtain individually preprocessed whitened
signals 180. The signal preprocessor 100 comprises an input for the time domain input signal
of a channel k. This signal is input into a windower 102, a transient detector 104 and an LTP
parameter calculator 106. The transient detector 104 detects, whether a current portion of
the input signal is transient and in case this is confirmed, the transient detector 104 controls
the windower 102 to set a smaller window length. The window indication, i.e., which window
length has been chosen is also included into the side information and, particularly, into the
preprocessing side information 520 of Fig. 5b. Additionally, the LTP parameters calculated by
block 106 are also introduced into the side information block, and these LTP parameters can,
for example, be used to perform some kind of post processing of decoded signals or other
procedures known in the art. The windower 140 generates windowed time domain frames
that are introduced into a time-to-spectral converter 108. The time-to-spectral converter 108
preferably performs a complex lapped transform. From this complex lapped transform, the
real part can be derived to obtain the result of an MDCT transform as indicated in block 112.
The result of block 112, i.e., an MDCT spectrum is input into a TNS block 114a and a subse-
quently connected FDNS block 116. Alternatively, only the FDNS is performed without the
TNS block 114a or vice versa or the TNS processing is performed subsequent to the FDNS
processing, as indicated by block 114b. Typically, either block 114a or block 114b is present.
At the output of block 114b, when block 114a is not present or at the output of block 116
when block 114b-is not present, the whitened individually processed signals, i.e., the prepro-
cessed signals are obtained for each channel k. The TNS block 114a or 114b and the FDNS

block 116 generate and forward preprocessing information into the side information 520.
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It is not necessary in any case to have a complex transform within block 108. Additionally, a
time-to-spectral converter only performing an MDCT s also sufficient for certain applications
and, if an imaginary part of the transform is required, this imaginary part can also be estimat-
ed from the real part, as the case may be. A feature of the TNS/FDNS processing is that, in
case of TNS being inactive, the FDNS parameters are calculated from the complex spec-
trum, i.e., from the MCLT spectrum while, in frames, where TNS is active, the MDST spec-
trum is estimated from the MDCT spectrum so that one has, for the frequency domain noise

shaping operation, always the full complex spectrum available.

Joint channel Encoding System Description

In the described system, after each channel is transformed to the whitened MDCT domain,
signal-adaptive exploitation of varying similarities between arbitrary channels for joint coding
is applied, based on the algorithm described in [6]. From this procedure, the respective

channel-pairs are detected and chosen to be jointly coded using a band-wise M/S transform.

An overview of the encoding system is given in Fehler! Verweisquelle konnte nicht gefun-
den werden.. For simplicity block arrows represent single channel processing (i.e. the pro-
cessing block is applied to each channel) and block "MDCT-domain analysis” is represented

in detail in Fehler! Verweisquelle konnte nicht gefunden werden..

In the following paragraphs, the individual steps of the algorithm applied per frame are de-
scribed in detail. A data flow graph of the algorithm described is given in Fehler! Verweis-

quelle konnte nicht gefunden werden..

It should be noted, in the initial configuration of the system, there is a channel mask indicat-
ing for which channels the multi-channel joint coding tool is active. Therefore, for input where
LFE (Low-Frequency Effects/ Enhancement) channels are present, they are not taken into

account in the processing steps of the tool.

Energy normalization of all channels towards mean energy

An M/S transform is not efficient if ILD exists, that is if channels are panned. We avoid this
problem by normalizing the amplitude of the perceptually whitened spectra of alt channels to

a mean energy level E.

o Calculate energy £\ foreach channel k =0, .., Cipral
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O

O

N
Ey = Z Kt (1)
L i=0

where N is the total number of spectral coefficients:

calculate mean energy

Ciotai
zl{ =1 E

C “total

normalize the spectrum of each channel towards mean energy

if Ey >E (downscaling)

where a is the scaling ratio. The scaling ratio is uniformly quantized and sent to the

decoder as side information bits.

[LTD(k) - max(l, min(]LDRANGE - 1, [(ILDRANGE ¥y + OS)J)

Where ]LDRANGE =1 << [LDbiCS

Then the quantized scaling ratio with which the spectrum is finally scaled is given by

. W
”‘ﬁ ) = { L[j;rz'm\!t}'!f
if £, < E (upscaling)
Ey
Ay == ”ﬁ“

and

LDy s
A {fe) mmiialint
q( )= (e

where /LD (k) is calculated as in previous case.
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To distinguish whether we have downscaling/upscaling at decoder and in order to revert the
normalization,  besides the /LD values for each channel, a 1-bit flag
(O=downscaling/t=upscaling) is sent. . ILDpn¢p indicates the number of bits used for the
transmitted quantized scaling value /LD, and this value is known to the encoder and the de-

coder and does not have to be transmitted in the encoded audio signal.

Calculation of normalized inter-channel cross-correlation values for all possible channel-pairs

In this step, in order to decide and select which channel pair has the highest degree of simi-
larities and therefore is suitable to be selected as a pair for stereo joint coding, the inter-
channel normalized cross-correlation value for each possible channel pair is calculated. The
normalized cross-correlation value for each channel pair is given by the cross-spectrum as

follows:

where

Txy = Z}Iivzo Xuper() * Yyper (D)

N being the total number of spectral coefficients per frame Xy, 5cr and Yyper being the re-

spective spectra of the channel-pair under consideration.

The normalized cross-correlation values for each channel paired are stored in the cross-
correlation vector

CC= [Fy, iy, 7o)

where P = (Ciprar * (Crorar — 1))/ 2 is the maximum number of possible pairs.

As seenin Fehler! Verweisquelie konnte nicht gefunden werden., depending on the tran-
sient detector we can have different block sizes (e.g. 10 or 20 ms window block sizes).
Therefore, the inter-channel cross-correlation is calculated given that the spectral resolution
for both channels is the same. If otherwise, then the value is set to 0, thus ensuring that no

such channel pair is selected for joint coding.
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Anindexing scheme to uniquely represent each channel pair is used. An example of such a
scheme for indexing six input channels is shown in Fehler! Verweisquelle konnte nicht

gefunden werden. .

The same indexing scheme is held throughout the aigorithm at is used also to signal channel

pairs to the decoder. The number of bits needed for signaling one channel-pair amount to

bits; ., = logs (P = 1)+ 1

Channel-pair selection and jointly coded stereo processing

After calculating the cross-correlation vector, the first channel-pair to be considered for joint-
coding is the respective with the highest cross-correlation value and higher than a minimum

value threshold preferably of 0.3.

The selected pair of channels serve as input to a stereo encoding procedure, namely a band-
wise M/S transform. For each spectral band, the decision whether the channels will be coded
using M/S or discrete L/R coding depends on the estimated bitrate for each case. The coding
method that is less demanding in terms of bits is selected. This procedure is described in
detail in [7].

The output of this process results to an updated spectrum for each of the channels of the
selected channel-pair. Also, information that need to be shared with the decoder (side infor-
mation) regarding this channel-pair are created, i.e. which stereo mode is selected (Full M/S,
dual-mono, or band-wise M/S) and if band-wise M/S is the mode selected the respective

mask of indicating whether M/S coding is chosen (1) or L/R (0).

For the next steps there are two variations of the algorithm:

o -Cascaded channel — pair tree

For this variation, the cross-correlation vector is updated for the channel pairs that are
affected from the altered spectrum (if we have M/S transform) of the selected chan-
nel-pair. For example, in the case with 6 channels, if the selected and processed
channel pair was the one indexed 0 of Fehler! Verweisquelle konnte nicht gefun-
den werden., meaning the coding of channel 0 with channel 1, than after the stereo
processing we would need to re-calculate the cross-correlation for the channel pairs
affected, i.e.withindex 0,1,2,3,4.5.6,7,8.

18



WO 2020/007719 PCT/EP2019/067256

Then, the procedure continues as previously described: select channel-pair with max-
imum cross-correlation, confirm that it is above a minimum threshold and apply stereo
operation. This means that channels that were part of a previous channel-pair may be
re-selected to serve as input to a new channel-pair, the term “cascaded”. This may
happen as remaining correlation may still be present between the output of a chan-
nel-pair and another arbitrary channel representing a different direction in the spatial

domain. Of course, no same channel-pair should be selected twice.

The procedure continues when the maximum allowed number of iterations (absolute
maximum is P) are reached or after updating the cross-correlation vector no channel-
pair value surpassed the threshold of 0.3 (there is no correlation between the arbi-

frary channels).

o Simplified tree
The cascaded channel-pair tree process is theoretically optimal as it attempts to re-
move correlation of all arbitrary channels and provide maximum energy compaction.

On the other hand, it is rather complex as the number of channel pairs selected can

be more than %i’—f resulting in additional computational complexity (coming from the

M/S decision process of the stereo operation) and also additional metadata that

needs to be transmitted to the decoder for each channel pair.

For the simplified tree variation, there is no “cascading” allowed. That is ensured,
when: from the process described above, while updating the cross-correlation vector,
the values of the affected channel-pairs of a previous channel-pair stereo operation,
are not re-calculated but set to 0. Therefore, it is not possible to select a channel-pair

for which oné of the channels was already part of an existing channel pair.

This is the variation describing the “adaptive joint channel processing” block in Feh-

ler! Verweisquelle konnte nicht gefunden werden..

This case results in similar complexity with a system with pre-defined channel-pairs

(e.g. L and R, rear L and rear R} as the maximum channel-pairs that can be selected

Ceot
2

is

It should be noted, that there may be cases where the stereo operation of a selected chan-
nel-pair does not alter the spectra of the channels. That happens when the M/S decision al-

gorithm decides the coding mode should be "dual-mono”. In this case, the arbitrary channels
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involved are not considered a channel-pair anymore as they will be coded separately. Also,
updaling the cross-correlation vector will have no effect. To continue with the process; the
channel-pair with the next highest value is considered. The steps in this case continue as

described above.
Retain channel pair selection (stereo tree) of previous frame

In many cases the normalized cross-correlation values of arbitrary channel-pairs from frame
to frame can be close and therefore the selection can switch often between this close values.
That may cause frequent channel-pair tree switching, which may result to audible instabilities
to the output system. Therefore, it is opted to use a stabilization mechanism, where a new
set of channel pairs is selected only when there is a significant change to the signal and the
similarities between arbitrary channels change. To detect this, the cross-correlation vector of
the current frame with the vector of the previous frame is compared and when the difference

is larger than a certain threshold then the selection of new channel pairs is allowed.

The variation in time of the cross-correlation vector is calculated as follows:

P
CCuiry = Z[CCW — CChrevlil]
=0

If Cairp > t, then the selection of new channel-pairs to be jointly coded, as described in the

previous step, is allowed. A threshold chosen is given by
t = 015 Cop (Cror — 1)/2

If, on the other hand, the differences are small, then the same channel-pair tree as in the
previous frame is used. For each given channel-pair, the band-wise M/S operation is applied
as previously described. If, however, the normalized cross-correlation value of the given
channel-pair does not exceed the threshold of 0.3 then the selection of new channel pairs

creating a new tree is initiated.

Revert energy of single channels

After the termination of the iteration process for the channel pair selection there may be
channels that are not part of any channel/pair and therefore are coded separately. For those

channels the initial normalization of the energy level towards the mean energy level is revert-
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ed back to their original energy level. Depending on the flag signaling upscaling or downscal-

ing the energy of these channels are reverted using the inverse of the quantized scaling ratio

agli)’

IGF for multi-channel processing

Regarding IGF analysis, in case of stereo channel pairs an additional joint stereo processing
is applied, as is thoroughly described in [10]. This is necessary, because for a certain desti-
nation range in the IGF spectrum the signal can be a highly correlated panned sound source.
In case the source regions chosen for this particular region are not well correlated, although
the energies are matched for the destination regions, the spatial image can suffer due to the

uncorrelated source regions.

Therefore, for each channel pair stereo IGF is applied if the stereo mode of the core region is
different to the stereo mode of the IGF region or if the stereo mode of the core is flagged as
band-wise M/S. If these conditions do not apply, then single channel IGF analysis is per-
formed. If there are single channels, not coded jointly in a channel-pair, then they also un-

dergo a single channel IGF analysis.
Distribution of available bits for encoding the spectrum of each channel

After the process of joint channel-pair stereo processing, each channel is quantized and
coded separately by an entropy coder. Therefore, for each channel the available number of
bits should be given. In this step, the total available bits are distributed to each channel using

the energies of the processed channels.

The energy of each channel, the calculation of which is described above in the normalization
step, is recalculated as the spectrum for each channel may have changed due to the joint
processing. The new energies are denoted £,k = 0,1, ...,C,,; . As a first step the energy-

based ratio with which the bits will be distributed is calculated:

Here it should be noted, that in the case where the input consists also from an LFE channel,

it 1s not taken into account for the ratio calculations.-For the LFE channel, a minimal amount
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of bits bits,pr is assigned only if the channel has non-zero content. The ratio is uniformly

guantized:

7t = max(L,min(rtgavee — L [rtrance =7t + 0.5]))

Tlpance = 1 K rtpirs

The quantized ratios 7, are stored in the bitstream to be used from the decoder to assign the

same amount of bits to each channel to read the transmitted channel spectra coefficients .

The bit distribution scheme is described below:

O

For each channel assign the minimum amount of bits required by the entropy coder

bitsmin

The remaining bits, i.e. bitS,emaining = bitStorar — 2,?;5 bitSpmm . — bits pg are divided

using the quantized ratio rt, :

o~

bitsy = " DitSyemaining

Plpanae
Because of the quantized ratio the bits are approximately distributed and therefore it
may be bitse,; = z,?;g bits, # bits;,rqr- SO IN @ second refining step the difference

bitsaips = bitsspiir — bitseorq  are proportionally subtracted from the channel bits

bits) :

—~

riy _
bitsk == bitsk - “‘“”j”‘""‘“f*””"“”* : blfsdiff
Fpance
After the refinement step if there is still a discrepancy of bits,,,; in comparison with

bitsy,q the difference (usually very few bits) is donated to the channel with the max-

imum energy.

The exact same procedure is followed from the decader in order to determine the amount of

bits to be read to decode the spectrum coefficients of each channel. rty, yer indicates the

number of bits used for the bit distribution information bits, and this value is known to the

encoder and the decoder and does not have to be transmitted in the encoded audio signal.

Quantization and coding of each channel
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Quantization; noise filling and the entropy encoding, including the rate-loop, are as described
in [8]. The rate-loop can be optimized using the estimated G,,;. The power spectrum P (mag-
nitude of the MCLT) is used for the tonality/noise measures in the quantization and Intelligent
Gap Filling (IGF) as described in [8]. Since whitened and band-wise M/S processed MDCT
spectrum is used for the power spectrum, the same FDNS and M/S processing must be done
on the MDST spectrum. The same normalization scaling based on the ILD must be done for
the MDST spectrum as it was done for the MDCT. For the frames where TNS is active,
MDST spectrum used for the power spectrum calculation is estimated from the whitened and

M/S processed MDCT spectrum.

Fig. 2 illustrates a block diagram of a preferred implementation of the encoder and, particu-
larly, the adaptive joint signal processor 200 of Fig. 2. All the at least three preprocessed
audio signals 180 are input into an energy normalization block 210 which generates, at its
output, the channel energy ratio side bits 534 consisting of, on the one hand, the quantized
ratios and on the other hand the flags for each channel indicating an upscaling or a down
scaling. However, other procedures without explicit flags for upscaling or downscaling can be

performed as well.

The normalized channels are input into a block 220 for performing a cross correlation vector
calculation and channel pair selection. Based on the procedure in block 220 which is prefer-
ably an iterative procedure using a cascaded full tree or a cascaded simplified tree pro-
cessing or which is, alternatively, a non-iterative non-cascaded processing, the correspond-
ing stereo operations:are performed-in block 240 that may perform a full band or a band-wise
mid/side processing or any other corresponding stereo processing operation such as rota-

tions, scalings, any weighted or non-weighted linear or non-linear combinations, etc.

At the output of the blocks 240, a stereo intelligent gap filling (IGF) processing or any other
bandwidth extension processing such as spectral band replication processing or harmonic
bandwidth processing can be performed. The processing of the individual channel pairs is
signaled via channel pair side information bits and, although not illustrated in Fig. 2, IGF or
general bandwidth extension parameters generated by the blocks 260 are also written into
the bit stream for the joint processing side information 530 and, particularly, for the pairwise

processing side information 532 of Fig. 5b.

The final stage of Fig. 2 is the channel bit distribution processor 280 that calculates the bit
allocation ratio as has, for example, been explained with respect to Fig. 9. Fig. 2 illustrates a

schematic representation of the signal encoder 300 as a quantizer and coder being con-
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trolled by the channel bitrate side information 530 and, additionally, the output interface 400
or bitstream writer 400 that combines the result of the signals encoder 300 and all the re-
quired side information bits 520, 530 of Fig. bb.

Fig. 3 illustrates a preferred implementation of substantial procedures performed by blocks
210, 220, 240. Subsequent to a start of the procedure, an ILD normalization is performed as
indicated at 210 in Fig. 2 or Fig. 3. In step 221, the cross-correlation vector is calculated. The
cross-correlation vector consists of normalized cross-correlation values for each possible
channel pair of the channels from 0 to N output by block 210. For the example in Fig. 4
where there are six channels 15 different possibilities that go from 0 to 14 can be examined.
The first element of the cross-correlation vector has the cross-correlation value between
channel 0 and channel 1 and, for example, the element of the cross-correlation vector with

the index 11 -has the cross-correlation between channel 2 and channel 5.

In step 222, the calculation is performed in order to determine whether the tree as deter-
mined for the preceding frame is to be maintained or not. To this end, the variation in time of
the cross-correlation vector is calculated and, preferably, the sum of the individual differ-
ences of the cross-correlation vectors and, particularly, the magnitudes of the differences is
calculated. In step 223, it is determined whether the sum of the differences is greater than
the threshold. If this is the case, then, in step 224, the flag keepTree is set to 0, which means
that the tree is not kept, but a new tree is calculated. When, however, it is determined that
the sum is smaller than the threshold, block 225 sets the flag keepTree = 1 so that the tree is

determined from the previous frame is also applied for the current frame.

In-step 226, the iteration termination criterion is checked. In case it is determined that the
maximum number of channel pairs (CP) is not reached, which is, of course, the case when
block 226 is accessed for the first time, and when the flag keepTree is set to 0 as determined
by block 228, the procedure goes on with block 229 for the selection of the channel pair with
the maximum cross-correlation from the cross-correlation vector. When, however, the tree of
the earlier frame is maintained, i.e., when keepTree is equal to 1 as has been checked in
block 225, block 230 determines whether the cross-correlation of the "forced” channel pair is
greater than the threshold. If this is not the case, the procedure is continued with step 227,
which means, nevertheless, that a new tree is to be determined although the procedure in
block 223 determined the opposite. The evaluation in block 230 and the corresponding con-

sequence in block 227 can overturn the determination in block 223 and 225.
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In block 231, it is determined whether the channel pair with the maximum cross-correlation is
above 0.3. If this is the case, the stereo operation in block 232 is performed, which is also
indicated as 240 in Fig. 2. When in block 233, it is determined that the stereo operation was
dual mono, the value keepTree equal to 0 is set in block 234. When, however, it is deter-
mined that the stereo mode was different from dual mono, the cross-correlation vector 235
has to be recalculated, since a mid/side operation has been performed and the output of a
stereo operation block 240 (or 232) is different due to the processing. An update of the CC
vector 235 is only necessary when there has actually been a mid/side stereo operation or,

generally; a stereo operation different from dual mono,

When, however, the check in block 226 or the check in block 231 results in a “no” answer,
the control goes to block 236 in order to check whether a single channel exists. If this is the
case, i.e., if a single channel has been found that has not been processed together with an-
other channel in a channel-pair processing, the ILD normalization is reversed in block 237.
Alternatively, the reversal in block 237 can only be a part reversal or can be some kind of

weighting:

In case the iteration is completed and in case blocks 236 and 237 are completed as well, the
procedure ends and all channel pairs have been processed and, at the output of the adaptive
joint signal processor, there are at least three jointly processed signals in case of block 236
resulting in a “no” answer, or there are at least two jointly processed signals and an unpro-
cessed signal corresponding to a "single channel”, when block 236 has resulted in a “yes”

answer.

Decoding System Description

The decoding process starts with decoding and inverse quantization of the spectrum of the
jointly coded channels; followed by the noise filling as described in 6.2.2 “MDCT based TCX"
in [11] or [12]. The number of bits allocated to each channel is determined based on the win-
dow length, the stereo mode and the bitrate ratio 7t, that are coded in the bitstream. The

number of bits allocated to each channel must be known before fully decoding the bitstream.

In the intelligent gap filling (IGF) block, lines quantized to zero in a certain range of the spec-
trum, called the target tile are filled with processed content from a different range of the spec-
trum, called the source tile. Due to the band-wise stereo processing, the sterec representa-
tion (i.e. either L/R or M/S) might differ for the source and the target tile. To ensure good
quality, if the representation of the source tile is different from the representation of the target
tile, the source tile is processed to transform it to the representation of the target file prior to
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the gap filling in the decoder. This procedure is already described in [10]. The IGF itself is,
contrary to [11] and [12], applied in the whitened spectral domain instead of the original spec-
tral domain.In contrast to the known stereo codecs {e.g. [10]); the IGF is applied in the whit-

ened, 1LD compensated spectral domain.

From the bitstream signaling it is also known if there are channel-pairs that were jointly cod-
ed. The inverse processing should start with the last channel-pair formed in the encoder,
especially for the cascaded channel pair-tree, in order 1o convert back to the original whit-
ened spectra of each channel. For each channel pair the inverse stereo processing is applied

based on the sterec mode and the band-wise M/S decision.

For all channels that were involved in channel pairs and were jointly coded, the spectrum is
de-normalized to the original energy level based on the ILD (k) values that were sent from

the encoder.

Fig. 10 illustrates a preferred implementation of a multi-signal decoder for decoding an en-
coded signal 500. The multi-signal decoder comprises an input interface 600, a signal de-
coder 700 for decoding at least three encoded signals output by the input interface 600. The
multi-signal decoder comprises a joint signal processor 800 for performing a joint signal pro-
cessing in accordance with side information included in the encoded signal to obtain at least
three processed decoded signals. The multi-signal decoder comprises a post-processor 900
for post-processing the at least three processed decoded signals in accordance with side
information included in the encoded signal. Particularly the post-processing is performed in
such a way that the post-processed signals are less white than the signals before post-
processing. The post-processed signals represent; either directly or indirectly, the decoded

audio signal 1000:

The side information extracted by the input interface 600 and forwarded to the joint signal
processor 800 is the side information 530 illustrated in Fig.'5b, and the side information ex-
tracted by the input interface 600 from the encoded multi-signal audio signal that is forward-
ed to the post-processor 900 for performing the de-whitening operation is the ‘side infor-

mation 520 illustrated and explained with respect to Fig. 5b.

The joint signal processor 800 is configured to extract or to receive from the input interface

600 an energy normalization value for each joint sterec decoded signal. This energy normali-

zation value for each joint stereo decoded signal corresponds o the energy scaling infor-

mation 530 of Fig. 5b. The adaptive joint signal processor 200 is configured to pair-wise pro-

cess 820 the decoded signals using a joint siereo side information or ajoint stereo mode as
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indicated by the joint stereo side information 532 included in the encoded audio signal 500 to
obtain the joint stereo decoded signals at the output of block 820. In block 830, a rescaling
operation and, particularly an energy rescaling of the joint stereo decoded signals is per-
formed using the energy normalization values to obtain the processed decoded signals at the
output of block 800 of Fig. 10.

In order to make sure that a channel that has received a reverse ILD normalization as ex-
plained with respect to Fig. 3 in block 237, the joint signal processor 800 is configured to
check whether an energy normalization value extracted from the encoded signal for a specif-
ic signal has a predefined value. If this is the case, an energy rescaling is not performed or
only a reduced energy rescaling to the specific signal is performed, or any other weighting
operation to this individual channel is performed when the energy normalization value has

this predefined value.

In-an embodiment, the signal decoder 700 is configured to receive, from the input interface
600, a bit distribution value for each encoded signal as indicated in block 620. This bit distri-
bution value illustrated at 536 in Fig. 12 is forwarded to block 720 so that the signal decoder
700 determines the used bit distribution. Preferably, the same steps as have been explained
with respect to the encoder-side in Fig. 6 and Fig. 9, i.e., steps 290, 291, 292, 293 are per-
formed by means of the signal decoder 700 for the purpose of the determination of the used
bit distribution in block 720 of Fig. 12. In block 710/730, an individual decoding is performed

in order to obtain the input into the joint signal processor 800 of Fig. 10.

The joint signal processor 800 has a band replication, bandwidth extension or intelligent gap
filling processing functionality using certain side information included in the side information
block 532. This side information is forwarded to block 810 and block 820 performs the joint
stereo (decoder) processing using the result of the bandwidth extension procedure as ap-
plied by block 810. In block 810, the intelligent gap filling procedure is configured to trans-
form a source range from one stereo representation to another stereo representation, when a
destination range of the bandwidth extension or IGF processing is indicated as having the
other sterec representation. When the destination range is indicated to have a mid/side ste-
reo mode, and when the source range is indicated to have an L/R stereo mode, the L/R
source range stereo mode is transformed into a mid/side source range stereo mode and,
then, the IGF processing is performed with the mid/side stereo mode representation of the

source range.
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Fig. 14 illustrates a preferred implementation of the joint signal processor 800. The joint sig-
nal processor is configured to extract ordered signal pairs information as illustrated in block
630. This extraction can be performed by the input interface 600 or the joint signal processor
can extract this information from the output of the input interface or can directly extract the
information without a specific input interface as is also the case for other extraction proce-

dures described with respect to the joint signal processor or the signal decoder.

In block 820, the joint signal processor performs a preferably cascaded inverse processing
starting with a last signal pair, where the term “last” refers to the processing order determined
and performed by the encoder. In the decoder, the "last” signal pair is the one that is pro-
cessed first. Block 820 receives side information 532 which indicate, for each signal pair indi-
cated by the signal pairs information illustrated in block 630 and, for example, implemented
in the way as explained with respect to Fig. 4, whether the specific pair was a dual mono, a

full MS or a band-wise MS procedure with an associated MS mask.

Subsequently to the inverse processing in block 820, a de-normalization of the signals in-
volved in the channel pairs is performed in the block 830 once again relying on side infor-
mation 534 indicating a normalization information per channel. The de-normalization illustrat-
ed with respect to block 830 in Fig. 14 is preferably a rescaling using the energy normaliza-
tion value as downscaling when a flag 534a has a first value, and to perform the rescaling as

an upscaling when the flag 534a has the second value, which is different from the first value.

Fig. 15a illustrates a preferred implementation as a block diagram of the signal decoder and
the joint signal processor of Fig. 10, and Fig. 15b illustrates a block diagram representation

of a preferred implementation of the post-processor 900 of Fig. 10.

The signal decoder 700 comprises a decoder and dequantizer stage 710 for the spectra in-
cluded in the encoded signal 500. The signal decoder 700 comprises a bit allocator 720 that
receives, as a side information, preferably the window length, the certain stereo mode and
the bit allocation information per encoded signal. The bit allocator 720 performs the bit allo-
cation particularly using, in a preferred implementation, steps 290, 291, 292, 293, where the
bit allocation information per encoded signal is used in step 291, and where information on

the window length and the stereo mode are used in block 290 or 291.

In block 730, a noise filling also preferably using noise filling side information is performed for
ranges in the spectrum that are quantized to zero and that are not within the IGF range.

Noise filling is preferably limited to a low band portion of the signal output by block 710. In
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block 810, and using certain side information, an intelligent gap filling or generally bandwidth

extension processing is performed that, importantly, operates on whitened spectra.

In block 820, and using side information, the inverse stereo processor performs the proce-
dures to undo the processing performed in Fig. 2, items 240. The final descaling is performed
using the transmitted quantized ILD parameter per channel that is included in the side infor-
mation. The output of block 830 is input into block 910 of the post-processor that performs an
inverse TNS processing and/or an inverse frequency domain noise shaping processing or
any other dewhitening operation. The output of block 910 is a straightforward spectrum that
is converted into the time domain by a frequency-to-time converter 920. The outputs of block
920 for adjacent frames are overlap-added in an overlap-add processor 930 in accordance
with the certain coding or decoding rule to finally obtain from the overlap operation the multi-
plicity of decoded audio signals, or, generally, the decoded audio signal 1000. This signal
1000 can consist of individual channels or can consist of components of a sound field de-
scription such as Ambisonics components, or can consist of any other components in a high-
er order Ambisonics description. The signal can also be a signal of an A-format or a B-format
or any other format description of a sound field. All these alternatives are collectively indicat-
ed as the decoded audio signal 1000 in Fig. 15b.

Subsequently, further advantages and specific features of preferred embodiments are indi-

cated.

The scope of this invention is to provide a solution for principles from [6] when processing

perceptually whitened and ILD compensated signals:

o FDNS with the rate-loop as described in [8] combined with the spectral envelope
warping as described in [9] provides simple yet very effective way separating percep-
tual shaping of quantization noise and rate-loop.

o Using mean energy level for all channels of the FDNS-whitened spectrum allows
simple and effective way of deciding if there is an advantage of M/S processing as
described in [7] for each channel pair that is selected for joint coding.

o Coding single broadband ILD for each channel for the described system is enough
and thus bit saving is achieved in contrast to known approachss.

o By selecting channel pairs for joint coding with highly cross-correlated signals usually
leads to a full spectrum M/S transform, therefore there is an additional mean bit sav-
ing as signaling M/S or L/R for each band is mostly replaced with a single bit of sig-

naling full M/S transform.
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o Flexible and simple bit distribution based on the energies of the processed channels.

Features of Preferred Embodiments

As described in previous paragraphs, in this implementation, the codec uses new means to
merge the flexibility of signal adaptive joint coding of arbitrary channels as described in [6] by
introducing the concepts described in [7] for joint stereo coding. The novelty of the proposed

invention is summarized in the following differences:

o The joint processing for each channel-pair differs from the multi-channel processing
described in [6] with regards to the global ILD compensation. The global ILD equal-
izes the level of the channels before selecting the channel pairs and doing M/S deci-
sion and processing and thus enables a more efficient stereo coding especially of

panned sources.

The joint processing for each channel-pair differs from the stereo processing de-

9]

scribed in [7] with regards to the global ILD compensation. in the proposed system,
there is no global ILD compensation for each channel-pair. In order to be able o use
the M/S decision mechanism as described in [7] for arbitrary channels, there is nor-
malization of all channels to a single energy level, i.e. a mean energy level.  This nor-

malization takes place before selecting the channel — pairs for joint processing:.

o After the adaptive channel-pair selection process, if there are channels that are not
part of a channel pair for joint processing, their energy level is inverted 1o the initial

energy level.

o Bit distribution for entropy coding is not implemented on each channel pair as de-
scribed in [7]. Instead, all channel energies are taken into account-and the bils are

distributed as described in the respective paragraph in this document.

o There is-an explicit "low-complexity” mode - of the adaptive channel-pair selection de-
scribed in [6], where a single channel that is part of a channel-pair during the iterative
channel-pair selection process is not allowed 1o be part of ancther channel-pair dur-

ing the next iteration of the channel pair selection process.

o The advantage of using simple band-wise M/S for each channel pair and therefore,
decreasing the amount of information that needs to be transmitted within the bit-
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stream is enhanced by the fact that we are using the signal adaptive channel-pair se-
lection of [6]. By choosing highly correlated channel to jointly code, a broadband M/S
transform is optimal for most cases, i.e. M/S coding is used for all bands. This can be
signalled with a single bit and therefore requires significantly less signalling infor-
mation compared to a band-wise M/S decision. It significantly decreases the total

amount of information bits that need to be transmitted for all channe! pairs.

Embodiments of the invention relate to a signal adaptive joint coding of a multichannel sys-
tem with perceptually whitened and ILD compensated spectra, where joint coding consists of
a simple per band M/S transform decision based on the estimated number of bits for an en-

tropy coder.

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some or all of the method steps may
be executed by (or using) a hardware apparatus, like for example, a microprocessor, a pro-
grammable computer or an electronic circuit. In some embodiments, some one or more of

the most important method steps may be executed by such an apparatus.

The inventive encoded audio signal can be stored on a digital storage medium or can be
transmitted on-a transmission medium such as a wireless transmission medium or a wired

transmission medium such-as the Internet.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a digi-
tal storage medium, for example a floppy disk, a DVD, a Blu-Ray, a CD, a ROM, a PROM, an
EPROM, an EEPROM or a FLASH memory, having electronically readable control signals
stored thereon, which cooperate (or are capable of cooperating) with a programmable com-
puter system such that the respective method is performed. Therefore, the digital storage

medium may be computer readable;
Some embodiments according to the invention comprise a data carrier having electronically

readable control signals, which are capable of cooperating with a programmable computer

system, such that one of the methods described herein is performed.
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Generally, embodiments of the present invention can be implemented as a computer pro-
gram product with a program code, the program code being operative for performing one of
the methods when the computer program product runs on a computer. The program code

may for example be stored on a machine readable carrier.

Other embodiments comprise the computer program for performing one of the methods de-

scribed herein, stored on a machine readable carrier.

In other words, an embodiment of the inventive method is, therefore, a computer program
having a program code for performing one of the methods described herein, when the com-

puter program runs on a computer.

A further embodiment of the inventive methods is, therefore, a data carrier (or a digital stor-
age medium, or a computer-readable medium) comprising, recorded thereon, the computer
program for performing one of the methods described herein. The data carrier, the digital

storage medium or the recorded medium are typically tangible and/or non—transitionary.

A further embodiment of the inventive method is, therefore, a data stream or a sequence of
signals representing the computer program for performing one of the methods described
herein. The data stream or the sequence of signals may for example be configured to be
transferred via a data communication connection, for example via the Internet.

A further embodiment comprises a processing means, for example a computer, or a pro-
grammable logic device, configured to or adapted to perform one of the methods described

herein.

A further embodiment comprises a computer having installed thereon the computer program

for performing one of the methods described herein.

A further embodiment according to the invention comprises an apparatus or a system config-
ured to transfer (for example, electronically or optically) a computer program for performing
one of the methods described herein to a receiver. The receiver may, for example, be a
computer, a mobile device, a memory device or the like. The apparatus or system may, for

example, comprise a file server for transferring the computer program to the receiver.

in some embodiments, a programmable logic device (for example a field programmable gate
array) may be used to perform some or all of the functionalities of the methods described

herein. In some embodiments, a field programmable gate array may cooperate with a micro-
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processor in order to perform one of the methods described herein. Generally, the methods

are preferably performed by any hardware apparatus,

The apparatus described herein may be implemented using a hardware apparatus, or using

a computer, or using a combination of a hardware apparatus and a computer.

The methods described herein may be performed using a hardware apparatus, or using a

computer, or using a combination of a hardware apparatus and a computer.

The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the de-
tails described herein will be apparent to others skilled in the art. It is the intent, therefore, to
be limited only by the scope of the impending patent claims and not by the specific details

presented by way of description and explanation of the embodiments herein.
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Claims

Multisignal encoder for encoding at least three audio signals, comprising:

a signal preprocessor for individually preprocessing each audio signal to obtain at least
three preprocessed audio signals, wherein the preprocessing is performed so that a
preprocessed audio signal is whitened with respect to the signal before preprocessing;

an adaptive joint signal processor for performing a processing of the at least three pre-
processed audio signals subsequent to an energy level normalization to obtain at least
three jointly processed signals or at least two jointly processed signals and an unpro-
cessed signal, wherein, for performing the energy level normalization, the adaptive joint
signal processor is configured to:

calculate an information on a mean energy of the preprocessed audio signals;

calculate an information on an energy of each preprocessed audio signal,

to calculate the broadband energy normalization value for a specific prepro-
cessed audio signal based on the information on the mean energy and the in-
formation on the energy of the specific preprocessed audio signal, and

to perform a broadband energy normalization of the at least three preprocessed
audio signals using the broadband energy normalization values for the specific
preprocessed audio signals, wherein each preprocessed audio signal has a nor-
malized energy;

a signal encoder for encoding each signal to obtain one or more encoded signals; and
an output interface for transmitting or storing an encoded multisignal audio signal com-
prising the one or more encoded signals, side information relating to the preprocessing

and side information relating to the processing comprising the broadband energy nor-
malization values for the preprocessed audio signals.
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Multisignal encoder of claim 1,

wherein the adaptive joint signal processor is configured to calculate a scaling ratio as
the broadband energy normalization value for the specific preprocessed audio signal
from the mean energy and the energy of the specific preprocessed audio signal, and

wherein the adaptive joint signal processor is configured for determining a flag indicat-
ing whether the scaling ratio is for an upscaling or a downscaling, and wherein the flag
for each preprocessed audio signal is included in the side information relating to the
processing.

Multisignal encoder of claim 2,

wherein the adaptive joint signal processor is configured to quantize the scaling ratio
into the same quantization range irrespective of whether the scaling is an upscaling or

a downscaling.

Multisignal encoder of one of the preceding claims, wherein the adaptive joint signal
processor is configured:

to calculate cross-correlation values for each possible signal pair of the preprocessed
signals having the normalized energies of the at least three preprocessed signals;

to select the signal pair having the highest cross-correlation value;

to determine a joint stereo processing mode for the selected signal pair; and

to joint stereo process the selected signal pair in accordance with the determined joint
stereo processing mode to obtain a processed signal pair.

Multisignal encoder of claim 4, wherein the adaptive joint signal processor is configured
to apply a cascaded signal pair preprocessing, or wherein the adaptive joint signal pro-
cessor is configured to apply a non-cascaded signal pair processing,

wherein, in the cascaded signal pair preprocessing, the signals of a processed signal
pair are selectable in a further iteration step consisting of a calculation of updated cross-
correlation values, selecting the signal pair having the highest cross-correlation value,
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the determination of a joint stereo processing mode for the selected signal pair and the
joint stereo processing the selected signal pair in accordance with the determined joint
stereo processing mode, or

wherein, in the non-cascaded signal pair processing, the signals of a processed signal
pair are not selectable in an additional selecting the signal pair having the highest cross-
correlation value, the determination of a joint stereo processing mode for the selected
signal pair, and the joint stereo processing the selected signal pair in accordance with
the determined joint stereo processing mode.

Multisignal encoder in accordance with one of the preceding claims,

wherein the adaptive joint signal processor is configured to determine the signal to be
encoded individually as a signal remaining subsequent to a pairwise processing proce-
dure, and

wherein the adaptive joint signal processor is configured to modify an energy normali-
zation applied to the signal before performing the pairwise processing procedure such
as reverting, or at least partly reverting the energy normalization applied to the signal
before performing the pairwise processing procedure.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured to determine, for each signal
to be processed by the signal encoder, a bit distribution information, wherein the output
interface is configured to introduce the bit distribution information, for each signal, into
the side information relating to the processing.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured for calculating a signal energy
information of each signal to be processed by the signal encoder,

to calculate a total energy of the plurality of signals to be encoded by the signal encoder;

to calculate a bit distribution information for each signal based on the signal energy

information and the total energy information, and
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10.

11.

wherein the output interface is configured to introduce the bit distribution information,
for each signal, into the side information relating to the processing.

Multisignal encoder of claim 8,

wherein the adaptive joint signal processor is configured to assign an initial number of
bits to each signal, to assign a number of bits based on the bit distribution information,
to perform a further refinement step, or to perform a final donation step, and

wherein the signal encoder is configured to perform the encoding of each signal using
the assigned bits per signal.

Multisignal encoder of one of the preceding claims, wherein the signal preprocessor is
configured to perform, for each audio signal:

a time-to-spectral conversion operation to obtain a signal spectrum for each audio sig-

nal;

a temporal noise shaping operation and/or a frequency domain noise shaping operation
for each signal spectrum, and

wherein the signal preprocessor is configured to feed the signal spectra into the adap-
tive joint signal processor subsequent to the temporal noise shaping operation and/or
the frequency domain noise shaping operation, and

wherein the adaptive joint signal processor is configured to perform the joint signal pro-
cessing on the received signal spectra.

Multisignal encoder of one of the preceding claims, wherein the adaptive joint signal
processor is configured

to determine, for each signal of a selected signal pair, a necessary bit rate for a full
band separate encoding mode such as L/R or a necessary bit rate for a full band joint
encoding mode such as M/S, or a bit rate for a bandwise joint encoding mode such as
M/S plus necessary bits for bandwise signaling such as the M/S mask,
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13.

14.

15.

to determine the separate encoding mode or the joint encoding mode as the specific
mode for all bands of a signal pair, when a majority of bands have been determined for
the specific mode, and the minority of the bands being less than 10% of all bands have
been determined to the other encoding mode, or to determine the coding mode requir-
ing the lowest amount of bits, and

wherein the output interface is configured to include an indication into the side infor-
mation relating to the processing, the indication indicating the specific mode for all
bands of a frame instead of a coding mode mask for the frame.

Multisignal encoder of one of the preceding claims,

wherein the signal encoder comprises a rate loop processor for each individual signal
or across two or more signals, the rate loop processor being configured for receiving
and using a bit distribution information for the specific signal or for two or more signals.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured to adaptively select signal
pairs for joint coding, or wherein the adaptive joint signal processor is configured for
determining, for each selected signal pair, a bandwise mid/side encoding mode, a full
band mid/side encoding mode or a full band left/right encoding mode, and wherein the
output interface is configured for including into the side information relating to the pro-
cessing, an information indicating the selected coding mode in the encoded multisignal
audio signal.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured for forming a bandwise
mid/side decision versus a left/right decision based on an estimated bitrate in each
band when coded in the mid/side mode or in the left/right mode, and wherein a final
joint coding mode is determined based on the results of the bandwise mid/side versus
left/right decision.

Multisignal encoder of one of the preceding claims, wherein the adaptive joint signal
processor is configured for performing a spectral band replication processing or an in-
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17.

18.

19.

telligent gap filling processing for determining parametric side information for the spec-
tral band replication processing or the intelligent gap filling processing, and wherein the
output interface is configured for including the spectral band replication or intelligent
gap filling side information as additional side information into the side information relat-
ing to the processing.

Multisignal encoder of claim 15,

wherein the adaptive joint signal processor is configured for performing a stereo intelli-
gent gap filling processing for an encoded signal pair and, additionally, for performing
a single signal intelligent gap filling processing for the at least one signal to be encoded
individually.

Multisignal encoder of one of the preceding claims,

wherein the at least three audio signals include a low frequency enhancement signal,
and wherein the adaptive joint signal processor is configured to apply a signal mask,
the signal mask indicating for which signals the adaptive joint signal processor is to be
active, and wherein the signal mask indicates that the low frequency enhancement sig-
nal is not to be used in the pairwise processing of the at least three preprocessed audio
signals.

Multisignal encoder of one of claims 1 to 3, wherein the adaptive joint signal processor
is configured to calculate, as the information on the energy of each preprocessed sig-
nal, an energy of an MDCT spectrum of each preprocessed signal, or

to calculate, as the information on the mean energy of the at least three preprocessed
audio signals, a mean energy of MDCT spectra of the at least three preprocessed audio
signals.

Multisignal encoder of one of claims 1 to 3,

wherein the adaptive joint signal processor is configured for calculating a scaling factor

for each signal based on the information on the energy for the specific signal and the
information on the mean energy of the at least three preprocessed audio signals,
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21.

wherein the adaptive joint signal processor is configured for quantizing the scaling ratio
to obtain a quantized scaling ratio value, the quantized scaling ratio value being used
for deriving side information for the scaling ratio for each signal included into the en-
coded multisignal audio signal, and

wherein the adaptive joint signal processor is configured to derive, from the quantized
scaling ratio value, a quantized scaling ratio, wherein the preprocessed audio signal is
scaled using the quantized scaling ratio before being used for the pairwise processing
of the scaled signal with another correspondingly scaled signal.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured for calculating normalized in-
ter-signal cross-correlation values for possible signal pairs in order to decide and select
which signal pair has the highest degree of similarities and, therefore, is suitable to be
selected as a pair for pairwise processing of the at least three preprocessed audio
signals,

wherein the normalized cross-correlation values for each signal pair are stored in a

cross-correlation vector, and

wherein the adaptive joint signal processor is configured for determining, whether a
signal pair selection of one or more previous frames is to be retained or not by compar-
ing a cross-correlation vector of the previous frame to the cross-correlation vector of
the current frame, and wherein the signal pair selection of the previous frame is re-
tained, when a difference between the cross-correlation vector of the current frame and
the cross-correlation vector of the previous frame is lower than a predefined threshold.

Multisignal encoder of one of the preceding claims,

wherein the signal preprocessor is configured for performing a time-frequency conver-
sion using a certain window length selected from a plurality of different window lengths,

wherein the adaptive joint signal processor is configured to determine, when comparing

the preprocessed audio signals to determine a pair of signals to be pairwise processed,
whether the pair of signals has the same associated window length, and
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23.

24.

25.

wherein the adaptive joint signal processor is configured to only allow a pairwise pro-
cessing of two signals, when the two signals have associated therewith the same win-
dow length applied by the signal preprocessor.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured to apply a non-cascaded sig-
nal-pair processing, in which the signals of the processed signal pair are not selectable
in a further signal pair processing, wherein the adaptive joint signal processor is con-
figured for selecting the signal pairs based on a cross-correlation between the signal
pairs for the pairwise processing, and wherein the pairwise processing of several se-
lected signal pairs is performed in parallel.

Multisignal encoder of claim 22,

wherein the adaptive joint signal processor is configured to determine, for a selected
signal pair, a stereo encoding mode, and wherein, when the stereo encoding mode is
determined to be a dual mono mode, the signals involved in this signal pair are at least
partly re-scaled and indicated as signals to be encoded individually.

Multisignal encoder of one of claims 15 and 16,

wherein the adaptive joint signal processor is configured for performing, for a pairwise
processed signal pair, a stereo intelligent gap filling (IGF) operation, if a stereo mode
of the core region is different to a stereo mode of the IGF region, or if the stereo mode
of the core is flagged as bandwise mid/side coding, or

wherein the adaptive joint signal processor is configured to apply a single signal IGF
analysis for signals of a pairwise processed signal pair, if the stereo mode of the core
region is not different to the stereo mode of the IGF region or if the stereo mode of the
core is not flagged as bandwise mid/side encoding mode.

Multisignal encoder of one of the preceding claims,

wherein the adaptive joint signal processor is configured for performing an intelligent
gap filling operation, before a result of the IGF operation is individually encoded by the

signal encoder,
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27.

28.

29.

wherein a power spectrum is used for a tonality/noise determination in a quantization
and intelligent gap filling (IGF), and wherein the signal preprocessor is configured for
performing the same frequency domain noise shaping for an MDST spectrum as has
been applied to the MDCT spectrum, and

wherein the adaptive joint signal processor is configured for performing the same
mid/side processing to a preprocessed MDST spectrum, so that a result of a processed
MDST spectrum is used within a quantization performed by the signal encoder or within
an intelligent gap filling processing performed by the adaptive joint signal processor, or

wherein the adaptive joint signal processor is configured for applying the same normal-
ization scaling based on the full band scaling vector for the MDST spectrum as it was
done for the MDCT spectrum using the same quantized scaling vectors.

Multisignal encoder of one of the preceding claims, wherein the adaptive joint signal
processor is configured for performing a pairwise processing of the at least three pre-
processed audio signals to obtain the at least three jointly processed signals or at least
two jointly processed signals and a signal to be encoded individually.

Multisignal encoder of one of the preceding claims, wherein the audio signals of the at
least three audio signals are audio channels, or

wherein the audio signals of the at least three audio signals are audio component sig-
nals of a sound field description such as an Ambisonics sound field description, a B
format description, an A format description or any other sound field description such as
a sound field description describing a sound field with respect to a reference location.

Multisignal encoder of one of the preceding claims,

wherein the signal encoder is configured for individually encoding each signal to obtain
at least three individually encoded signals, or for performing an (entropy) coding with
more than one signals.

Multisignal decoder for decoding an encoded signal, comprising:

a signal decoder for decoding at least three encoded signals;
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31.

a joint signal processor configured

to extract, from the encoded signal, energy normalization values for the joint stereo
decoded signals,

to perform a joint signal processing comprising a pairwise processing the decoded
signals using a joint stereo mode as indicated by side information included in the
encoded signal, and

to energy re-scale the joint stereo decoded signals using the energy normalization
values to obtain at least three processed decoded signals; and

a post processor for post processing the at least three processed decoded signals in
accordance with side information included in the encoded signal, wherein the post pro-
cessing is performed so that the post processed signals are less white than the signals
before post processing, and wherein the post processed signals represent a decoded
audio signal.

Multisignal decoder of claim 29,

wherein the joint signal processor is configured to check, whether an energy normali-
zation value extracted from the encoded signal for a specific signal has a predefined
value, and

wherein the joint signal processor is configured to not perform an energy re-scaling or
to only perform a reduced energy re-scaling to the specific signal, when the energy
normalization value has the predefined value.

Multisignal decoder of one of claims 29 or 30, wherein the signal decoder is configured
to extract, from the encoded signal, a bit distribution value for each encoded signal,

to determine a used bit distribution for a signal using the bit distribution value for the

signal, a number of remaining bits for all signals, and a further refinement step, or a
final donation step; and
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33.

34.

35.

to perform the individual decoding based on the used bit distribution for each signal.

Multisignal decoder of one of claims 29 to 31, wherein the joint signal processor is
configured

to perform a band replication or intelligent gap filling processing to the individually de-
coded signals using side information in the encoded signal to obtain spectrally en-
hanced individual signals, and

to perform a joint processing in accordance with a joint processing mode using the
spectrally enhanced individual signals.

Multisignal decoder of claim 32,

wherein the joint signal processor is configured to transform a source range from one
stereo representation to another stereo representation, when a destination range is

indicated as having the other stereo representation.

Multisignal decoder of one of claims 29 to 33, wherein the joint signal processor is
configured

for extracting, from the encoded signal, a flag indicating whether the energy normaliza-

tion value is either an upscaling value or a downscaling value, and

to perform the energy rescaling using the energy normalization value as a downscaling,
when the flag has a first value and as an upscaling, when the flag has the second value
different from the first value.

Multisignal decoder of one of claims 29 to 34, wherein the joint signal processor is
configured

to extract, from the encoded signal, a side information indicating signal pairs that result
from a jointly coding operation,

to perform an inverse stereo or multichannel processing starting with a last signal pair
to obtain the encoded signal, in order to convert back to original preprocessed spectra
of each signal, and to perform the inverse stereo processing based on the stereo mode
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37.

38.

and/or a bandwise mid/side decision as indicated in the side information for the en-
coded signal.

Multisignal decoder of one of claims 29 to 35,

wherein the joint signal processor is configured to energy-rescale all joint stereo de-
coded signals involved in signal pairs to a corresponding original energy level based
on quantized energy normalization values for each joint stereo decoded signal, and
wherein other signals that were not involved in signal pair processing are not energy-

rescaled as the signals involved in signal pair processing.

Multisignal decoder of one of claims 29 to 36,

wherein the post processor is configured to perform, for each individual processed de-
coded signal, a temporal noise shaping operation or a frequency domain noise shaping
operation and a conversion from a spectral domain into a time domain and a subse-
quent overlap/add operation between subsequent time frames of a post processed sig-
nal.

Multisignal decoder of one of claims 29 to 37,

wherein the joint signal processor is configured to extract, from the encoded signal, a
flag indicating, whether several bands for a time frame of a signal pair are to be in-
versely processed using mid/side or left/right encoding, and wherein the joint signal
processor is configured to use this flag to collectively subject the corresponding bands
of the signal pair to either mid/side processing or left/right processing depending on the
value of the flag, and

wherein, for a different time frame for the same signal pair or for a different signal pair
at the same time frame, an encoding mode mask indicating, for each individual band,
an individual coding mode, is extracted from the side information of the encoded signal,
and wherein the joint signal processor is configured to whether apply inverse mid/side
processing or left/right processing for the corresponding band as indicated for a bit
associated with this band.
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39.

40.

Multisignal decoder of one of the claims 29 to 38, wherein the encoded signal is an
encoded multichannel signal, wherein the multisignal decoder is a multichannel de-
coder, wherein the encoded signal is an encoded multichannel signal, wherein the sig-
nal decoder is a channel decoder, wherein the encoded signals are encoded channels,
wherein the joint signal processing is a joint channel processing, wherein the at least
three processed decoded signals are at least three processed decoded signals,
wherein the post processed signals are channels, or

wherein the encoded signal is an encoded multicomponent signal representing audio
component signals of a sound field description such as an Ambisonics sound field de-
scription, a B format description, an A format description or any other sound field de-
scription such as a sound field description describing a sound field with respect to a
reference location, wherein the multisignal decoder is a multicomponent decoder,
wherein the encoded signal is an encoded multicomponent signal, wherein the signal
decoder is a component decoder, wherein the encoded signals are encoded compo-
nents, wherein the joint signal processing is a joint component processing, wherein the
at least three processed decoded signals are at least three processed decoded com-
ponents, and wherein the post processed signals are component audio signals.

Method for performing multisignal encoding at least three audio signals, comprising:

individually preprocessing each audio signal to obtain at least three preprocessed au-
dio signals, wherein the preprocessing is performed so that a preprocessed audio sig-
nal is whitened with respect to the signal before preprocessing;

performing a processing of the at least three preprocessed audio signals subsequent
to an energy level normalization to obtain at least three jointly processed signals or at
least two jointly processed signals and an unprocessed signal, wherein the energy level

normalization comprises:

calculating an information on a mean energy of the preprocessed audio signals;

calculating an information on an energy of each preprocessed audio signal,

calculating the broadband energy normalization value for a specific prepro-

cessed audio signal based on the information on the mean energy and the in-
formation on the energy of the specific preprocessed audio signal, and
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41.

42.

performing a broadband energy normalization of the at least three preprocessed
audio signals using the broadband energy normalization values for the specific
preprocessed audio signals, wherein each preprocessed audio signal has a nor-

malized energy;
encoding each signal to obtain one or more encoded signals; and
transmitting or storing an encoded multisignal audio signal comprising the one or more
encoded signals, side information relating to the preprocessing and side information
relating to the processing comprising the broadband energy normalization values for
the preprocessed audio signals.
Method for multisignal decoding an encoded signal, comprising:
individually decoding at least three encoded signals;

performing a joint signal processing comprising

extracting, from the encoded signal, energy normalization values for the joint ste-
reo decoded signals,

performing a joint signal processing comprising a pairwise processing the decoded
signals using a joint stereo mode as indicated by side information included in the
encoded signal, and

to energy re-scaling the joint stereo decoded signals using the energy normaliza-
tion values to obtain at least three processed decoded signals; and

post processing the at least three processed decoded signals in accordance with side
information included in the encoded signal, wherein the post processing is performed
so that the post processed signals are less white than the signals before post pro-
cessing, and wherein the post processed signals represent a decoded audio signal.

Computer program for performing, when running on a computer or a processor, the

method of claim 40 or the method of claim 41.
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