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Apparatus and audio signal processor, for providing a processed audio signal
representation, audio decoder, audio encoder, methods and computer programs

Description

Technical Field

Embodiments according to the invention related to an apparatus and an audio signal
processor, for providing a processed audio signal representation, an audio decoder, an audio

encoder, methods and computer programs.

Introductory remarks

In the following, different inventive embodiments and aspects will be described. Also, further
embodiments will be defined by the enclosed claims.

It should be noted that any embodiments as defined by the claims can be supplemented by
any of the details (features and functionalities) described in the mentioned embodiments and

aspects,

Also, the embodiments described herein can be used individually, and can also be
supplemented by any feature included in the claims.

Also, it should be noted that individual aspects described herein can be used individually or
in combination. Thus, details can be added to each of said individual aspects without adding

details to another one of said aspects.

It should also be noted that the present disclosure describes, explicitly or implicitly, features
usable in an audio encoder (apparatus and/or audio signal processor for providing a
processed audio signal representation) and in an audio decoder. Thus, any of the features
described herein can be used in the context of an audio encoder and in the context of an

audio decoder,

Moreover, features and functionalities disclosed herein relating to a method can also be used
in an apparatus (configured to perform such functionality). Furthermore, any features and
functionalities disclosed herein with respect to an apparatus can also be used in a
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corresponding method. In other words, the methods disclosed herein can be supplemented
by any of the features and functionalities described with respect to the apparatuses.

Also, any of the features and functionalities described herein can be implemented in
hardware or in software, or using a combination of hardware and software, as will be

described in the section “implementation alternatives”.

Background of the Invention

Processing discrete time signals using the Discrete Fourier Transform (DFT) is a widespread
approach to digital signal processing, first for possible complexity savings due to efficient
implementations of the DFT or of the Fast Fourier Transforms FFT and second for the
representation of the signal in the frequency domain after the DFT which allows for easier
frequency dependent processing of the time signal. If the processed signal is transformed
back to the time domain typically to avoid the consequences of the circular convolution
property of the DFT, overlapping parts of the time signal are transformed and to ensure a
good reconstruction after processing the individual time segments (frames) are windowed
before and/or after the forward DF T/processing/inverse DFT chain and the overlapping parts
added up to form the processed time signal. This approach is, for example, shown in Fig. 6.

Common low-delay systems use un-windowing to generate an approximation of a processed
discrete time signal without availability of a following frame for overlap add by simply un-
windowing by dividing the right windowed portion of a frame processed with a DFT filter bank
by the window applied before the forward DFT in the processing chain., e.g.
WO 2017/161315 A1. In Fig. 7 an example for a windowed frame of a time domain signal
before the forward DFT and the corresponding applied window shape is shown.

Y»inl=y.n< Mg

winl = 22 n € [ngime),

where n; is the index of the first sample of the overlapping region with the following frame not
yet available and n, is the index of the last sample of the overlapping region with the
following frame and w, is the window applied to the current frame of the signal before the
forward DFT.

Depending on the processing and the used window, the envelope of the analysis window
shape is not guaranteed to be preserved and especially towards the end of the window the
window samples have values close to zero and therefore the processed samples are
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multiplied with values >> 1 which can lead to large deviations in the last samples of the un-
windowed signals in comparison to the signal produced by OLA (Overlap-Add) with a
following frame. In Fig. 8 an example for a mismatch between approximation with static un-
windowing and OLA with a following frame after processing in the DFT domain and the

inverse DFT is shown,

These deviations might lead to degradations compared to an OLA with the following frame if
the un-windowed signal approximation is used in a further processing step, e.g. when using
the approximated signal portion in a LPC analysis. In Fig. 9 an example of a LPC analysis
done on the approximated signal portion of the previous example is shown.

Therefore, it is desired to get a concept which provides an improved compromise between
signal integrity, complexity and delay which is usable when reconstructing a time domain
signal representation on the basis of a frequency domain representation without performing
an overlap-add.

This is achieved by the subject matter of the independent claims of the present application.

Further embodiments according to the invention are defined by the subject matter of the
dependent claims of the present application.

Summary of the Invention

An embodiment according to this invention is related to an apparatus for providing a
processed audio signal representation on the basis of input audio signal representation. The
apparatus is configured to apply an un-windowing, for example an adaptive un-windowing, in
order to provide the processed audio signal representation on the basis of the input audio
signal representation. The un-windowing, for example, at least partially reverses an analysis
windowing used for a provision of the input audio signal representation. Furthermore, the
apparatus is configured to adapt the un-windowing in dependence on one or more signal
characteristics and/or in dependence on one or more processing parameters used for a
provision of the input audio signal representation. The one or more signal characteristics are,
for example, characteristics of the input audio signal representation or of an intermediate
representation from which the input audio signal representation is derived. According to an
embodiment, the one or more signal characteristics comprise, for example, a DC component
d. The one or more processing parameters can, for example, comprise parameters used for
an analysis windowing, a forward frequency transform, a processing in the frequency domain
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and/or an inverse time frequency transform of the input audio signal representation or of an
intermediate representation from which the input audio signal representation is derived.

This embodiment is based on the idea that a very precise processed audio signal
representation can be achieved by adapting the un-windowing in dependence on signal
characteristics and/or processing parameters used for a provision of the input audio signal
representation. With the dependency on signal characteristics and processing parameters, it
is possible to adapt the un-windowing according to individual processing used for the
provision of the input audio signal representation. Furthermore, with the adaptation of the
un-windowing, the provided processed audio signal representation can represent an
improved approximation of a real processed and overlap-added signal, on the basis of the
input audio signal representation, for example, at least in an area of a right overlap part, i.e.
in an end portion of the provided processed audio signal representation, when no following
frame is available yet. For example, using this concept, it is possible to adapt the
un-windowing to thereby reduce an undesired degradation of a signal envelope in a time
region where the un-windowing causes a strong upscaling (e.g. by a factor larger than 5 or
larger than 10).

According to an embodiment, the apparatus is configured to adapt the un-windowing in
dependence on processing parameters determining a processing used to derive the input
audio signal representation. The processing parameters determine, for example, a
processing of a current processing unit or frame, and/or a processing of one or more
previous processing units or frames. According to an embodiment, the processing
determined by the processing parameters comprises an analysis windowing, a forward
frequency transform, a processing in a frequency domain and/or an inverse time frequency
transform of the input audio signal representation or of an intermediate representation from
which the input audio signal representation is derived. This list of processing methods used
for a provision of the input audio signal is not exhaustive and it is clear, that more or different
processing methods can be used. The invention is not limited to the herein proposed list of
processing methods. This influence of the processing in the un-windowing can result in an
improved accuracy of the provided processed audio signal representation.

According to an embodiment, the apparatus is configured to adapt the un-windowing in
dependence on signal characteristics of the input audio signal representation and/or of an
intermediate signal representation from which the input audio signal representation is
derived. The signal characteristics can be represented by parameters. The input audio signal
representation is, for example, a time domain signal of a current processing unit or frame, for
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example, after a processing in a frequency domain and a frequency-domain to time-domain
conversion. The intermediate signal representation is, for example, a processed frequency
domain representation from which the input audio signal representation is derived using a
frequency-domain to time-domain conversion. According to an embodiment, the difference
between processing parameters and signal characteristics is that processing parameters, for
example, determine a processing, like an analysis windowing, a forward frequency transform,
a processing in a spectral domain, inverse time frequency transform, etc., and signal
characteristics, for example, determine a representation of a signal, like an offset, an
amplitude, a phase, etc. The signal characteristics of the input audio signal representation
and/or of the intermediate signal representation can result in an adaptation of the
un-windowing in such a way that no overlap-add with a following frame is necessary to
provide the processed audio signal representation. According to an embodiment, the
apparatus is configured to apply the un-windowing to the input audio signal representation to
provide the processed audio signal representation, wherein it is, for example, advantageous
to adapt the un-windowing in dependence on signal characteristics of the input audio signal
representation, to reduce a deviation between the provided processed audio signal
representation and an audio signal representation which would be obtained using an
overlap-add with a following frame. Additionally or alternatively, a consideration of signal
characteristics of the intermediate signal representation can further improve the
un-windowing, such that, for example, the deviation is significantly reduced. For example,
signal characteristics may be considered which indicate potential problems of a conventional
un-windowing, like, for example, signal characteristics indicating a DC-offset or a slow or

insufficient convergence to zero at an end of a processing unit.

According to an embodiment, the apparatus is configured to obtain one or more parameters
describing signal characteristics of a time domain representation of a signal, to which the
un-windowing is applied. The time domain representation represents, for example, an
original signal from which the input audio signal representation is derived or an intermediate
signal, after a frequency-domain to time-domain conversion, which represents the input
audio signal representation or from which the input audio signal representation is derived.
The signal, to which the un-windowing is applied is, for example, the input audio signal
representation or a time domain signal of a current processing unit or frame, for example,
after a processing in a frequency domain and a frequency-domain to time-domain
conversion. According to an embodiment, the one or more parameters describe signal
characteristics of, for example, the input audio signal representation or a time domain signal
of a current processing unit or frame, for example, after a processing in a frequency domain
and a frequency-domain to time-domain conversion. Additionally or alternatively the
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apparatus is configured to obtain one or more parameters describing signal characteristics of
a frequency domain representation of an intermediate signal from which a time domain input
audio signal, to which the un-windowing is applied, is derived. The time domain input audio
signal represents, for example, the input audio signal representation. The apparatus can be
configured to adapt the un-windowing in dependence on the one or more parameters
described above. The intermediate signal is, for example, a signal to be processed to
determine the above-described signal and the input audio signal representation. The time
domain representation and the frequency domain representation represent, for example, the
input audio signal representation at important processing steps, which can positively
influence the un-windowing to minimize defects (or artifacts) in the processed audio signal
representation based on an abandonment of an overlap-add processing to provide the
processed audio signal representation. For example, the parameters describing signal
characteristics may indicate when an application of an original (non-adapted) un-windowing
would result (or is likely to result) in artifacts. Thus, the adaptation of the un-windowing (for
example, to derivate from a conventional un-windowing) can be controlled efficiently on the

basis of said parameters.

According to an embodiment, the apparatus is configured to adapt the un-windowing to at
least partially reverse an analysis windowing used for a provision of the input audio signal
representation. The analysis windowing is, for example, applied to a first signal to get an
intermediate signal which, for example, is further processed for a provision of the input audio
signal representation. Thus, the processed audio signal representation provided by the
apparatus by applying the adapted un-windowing represents at least partially the first signal
in a processed form. Thus, a very accurate and improved low delay processing of the first

signal can be realized by the adaptation of the un-windowing.

According to an embodiment, the apparatus is configured to adapt the un-windowing to at
least partially compensate for a lack of signal values of a subsequent processing unit, for
example, a subsequent frame or following frame. Thus, there is no need for an overlap-add
with a following frame to obtain a time signal, for example, the processed audio signal
representation, that is a good approximation of the fully processed signal which would be
obtainable using an overlap-add with a following frame. This leads to a lower delay for a
signal processing system where a time signal is further processed after a processing using a
filter bank, since the overlap-add can be omitted. Thus, with this feature, it is not necessary
to already process the subsequent processing unit for providing the processed audio signal
representation.
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According to an embodiment, the un-windowing is configured to provide a given processing
unit, for example, a time segment, a frame or a current time segment, of the processed audio
signal representation before a subsequent processing unit, which at least partially temporally
overlaps the given processing unit, is available. The processed audio signal representation
can comprise a plurality of previous processing units, e.g. chronologically before the given
processing unit, e.g. a currently processed time segment, and a plurality of subsequent
processing units, e.g. chronologically after the given processing unit and the input audio
signal representation, on which the provision of the processed audio signal representation is
based, represents, for example, a time signal with a plurality of time segments. Alternatively
the processed audio signal representation represents a processed time signal in the given
processing unit and the input audio signal representation, on which the provision of the
processed audio signal representation is based, represents, for example, a time signal in the
given processing unit. To receive a processed time signal in the given processing unit, for
example, a windowing is applied to the input audio signal representation or to a first time
signal to be processed for a provision of the input audio signal representation, then a
processing can be applied to the signal, e.g., an intermediate signal, of the current time
segment, or the given processing unit, and after the processing, the un-windowing is applied,
wherein, for example, an overlapping segment of the given processing unit with a previous
processing unit is summed by an overlap-add but no overlapping segment of the given
processing unit with a subsequent processing unit is summed by an overlap-add. The given
processing unit can comprise overlapping segments with a previous processing unit and the
subsequent processing unit. Thus, the un-windowing is, for example, adapted such that the
temporally overlapping segments of the given processing unit with the subsequent
processing unit can be approximated by the un-windowing very accurately (without
performing an overlap-add). Thus, the audio signal representation can be processed with
reduced delay because only the given processing unit and a previous processing unit are, for
example, considered, without including the subsequent processing unit.

According to an embodiment, the apparatus is configured to adapt the un-windowing to limit
a deviation between the given processed audio signal representation and a result of an
overlap-add between subsequent processing units of the input audio signal representation
or, for example, of a processed input audio signal representation. Here, especially a
deviation between the given processed audio signal representation and a result of an
overlap-and-add between a given processing unit, a previous processing unit and a
subsequent processing unit of the input audio signal representation is, for example, limited
by the un-windowing. The previous processing unit is, for example, already known by the
apparatus, whereby the un-windowing of the given processing unit can be adapted to, for
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example, approximate a temporally overlapping time segment of the given processing unit
with a subsequent processing unit (without actually performing an overlap-add), to limit the
deviation. With this adaptation of the un-windowing, a very small deviation is, for example,
achieved, whereby the apparatus is very accurate in providing the processed audio signal
representation without a processing (and overlap-adding) of a subsequent processing unit.

According to an embodiment, the apparatus is configured to adapt the un-windowing to limit
values of the processed audio signal representation. The un-windowing is, for example,
adapted such, that the values are, for example, limited at least in an end portion of a
processing unit, e.g., of a given processing unit, of the input audio signal representation. The
apparatus is, for example, configured to use weighing values for performing an unweighing
(or un-windowing) which are smaller than multiplicative inverses for corresponding values of
an analysis windowing used for a provision of the input audio signal representation, for
example, at least for a scaling of an end portion of a processing unit of the input audio signal
representation. If, for example, the end portion of the processing unit of the input audio signal
representation does not tend (or converge) enough to zero, an un-windowing without an
adaptation with a limiting of the values can result in a too much amplification of the values of
the end portion of the processed audio signal representation. The limitation of the values
(e.g., by using ‘reduced” weighting values) can result in a very accurate provision of the
processed audio signal representation because large deviations caused by amplification,
caused by an inappropriate un-windowing, can be avoided.

According to an embodiment, the apparatus is configured to adapt the un-windowing such
that for an input audio signal representation which does not, e.g. smoothly, converge to zero
in an end portion of a processing unit of the input audio signal, a scaling which is applied by
the un-windowing in the end portion of the processing unit is reduced when compared {o a
case in which the input audio signal representation, e.g. smoothly, converge to zero in the
end portion of the processing unit. With the scaling, for example, values in the end portion of
the processing unit of the input audio signal are amplified. To avoid a too large ampilification
of the values in the end portion of the processing unit of the input audio signal, the scaling
applied by the un-windowing in the end portion of the processing unit is reduced when the
input audio signal representation does not converge to zero,

According to an embodiment, the apparatus is configured to adapt the un-windowing, to
thereby limit a dynamic range of the processed audio signal representation. The
un-windowing is, for example, adapted such that the dynamic range is limited at least in an
end portion of a processing unit of the input audio signal representation, or selectively in the
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end portion of the processing unit of the input audio signal representation, whereby also the
dynamic range of the processed audio signal representation is limited. The un-windowing is,
for example, adapted such that a large amplification caused by the un-windowing without an
adaptation, is reduced to limit the dynamic range of the processed audio signal
representation. Thus, a very small or nearly no deviation between the given processed audio
signal representation and a result of an overlap-add between subsequent processing units of
the input audio signal representation can be achieved, wherein the input audio signal
representation represents, for example, a time-domain signal after a processing in a spectral

domain and a spectral-domain to time-domain conversion.

According to an embodiment, the apparatus is configured to adapt the un-windowing in
dependence of a DC component, e.g. an offset, of the input audio signal representation.
According to an embodiment, a processing of a first signal or an intermediate signal
representation to provide the input audio signal representation can add the DC offset d to a
processed frame of the first signal or the intermediate signal, wherein the processed frame
represents, for example, the input audio signal representation. With this DC component, the
input audio signal representation does, for example, not converge enough to zero, whereby
an error in the un-windowing can occur. With the adaptation of the un-windowing in
dependence on the DC component, this error can be minimized.

According to an embodiment, the apparatus is configured to at least partially remove a DC
component, e.g. an offset, e.g. d, of the input audio signal representation. According to an
embodiment, the DC component is removed before applying (or right before applying) a
scaling which reverses a windowing, for example, before a division by a window value. The
DC component is, for example, selectively removed in overlap region with a subsequent
processing unit or frame. In other words, the DC component is at least partially removed in
an end portion of the input audio signal representation. According to an embodiment the DC
component is only removed in the end portion of the input audio signal representation. This
is, for example, based on the idea that only in the end-portion a lack of a subsequent
processing unit (for performing an overlap-add) results in an error in the processed audio
signal representation caused by the un-windowing, which can be minimized by removing the
DC component in the end portion. Thus, a factor influencing the un-windowing is at least
partially removed, to improve the accuracy of the apparatus.

According to an embodiment, the un-windowing is configured to scale a DC-removed or DC-
reduced version of the input audio signal representation in dependence on a window value
(or window values) in order to obtain the processed audio signal representation. The window
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value is, for example, a value of a window function representing a windowing of a first signal
or an intermediate signal, used for a provision of the input audio signal representation. Thus,
the window values can comprise values, for example, for all times of the current time frame
of the input audio signal representation, which were for example multiplied with the first or
the intermediate signél to provide the input audio signal representation. Thus, the scaling of
the DC-removed or DC-reduced version of the input audio signal representation can be
performed in dependence on a window function or window value, for example, by dividing the
DC-removed or DC-reduced version of the input audio signal representation by the window
value or by values of the window function. Thus, the un-windowing undoes a windowing
applied to the first signal or the intermediate signal for a provision of the input audio signal
representation very effectively. Because of the usage of the DC-removed or DC-reduced
version, the un-windowing results in a small or nearly no deviation of the processed audio
signal representation from a result of an overlap-add between subsequent processing units

of the input audio signal representation.

According to an embodiment, the un-windowing is configured to at least partially re-introduce
a DC component, for example an offset, after a scaling of a DC-removed or DC-reduced
version of the input audio signal. The scaling can be window-value-based, as explained
above. In other words the scaling can represent an un-windowing performed by the
apparatus. With the re-introduction of the DC component, a very accurate processed audio
signal representation can be provided by the un-windowing. This is based on the idea that it
is more efficient and accurate to first scale a DC-removed or DC-reduced version of the input
audio signal based on a windowing used for a provision of the input audio signal before re-
introducing the DC component, because a scaling of a version of the input audio signal with
the DC component can result in a large amplification of the input audio signal and thus in a
high inaccuracy of a provision of the processed audio signal representation by the
un-windowing.

According to an embodiment, the un-windowing is configured to determine the processed

audio signal representation y,[n] on the basis of the input audio signal representation y[n]

according to y,[n] = %ﬁh d,n € [ns n,), wherein d is a DC component. The value d can
[£8

alternatively represent a DC offset, as for example explained above. The DC component d
represents, for example, a DC offset in a current processing unit or frame of the input audio
signal representation, or in a portion thereof, like an end portion. The value n is a time index
wherein ns is a time index of a first sample of an overlap region, for example, between a
current processing unit or frame and a subsequent processing unit or frame and the value n,
is a time index of a last sample of the overlap region. The value of function w,[n] is an
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analysis window used for a provision of the input audio signal representation, for example in
a time frame between ng and n.. According to an embodiment, the analysis window w,[n]
represents a window value as described further above. Thus, according to the equation
introduced, the DC component is removed from the input audio signal representation and this
version of the input audio signal representation is scaled by the analysis window and
afterwards, the DC component is re-introduced by an addition. Thus, the un-windowing is
adapted to the DC component to minimize errors in a provision of the processed audio signal
representation. According to an embodiment the apparatus is configured to perform the
un-windowing according to the above mentioned equation only in the end portion of a current
processing unit, i.e. a given processing unit, and to perform a different un-windowing, e.g. a
common un-windowing like a static un-windowing or an adaptive un-windowing, and possibly
an overlap-add-functionality in a rest of the current time frame.

According to an embodiment, the apparatus is configured to determine the DC component
using one or more values of the input audio signal representation, for example of the time
domain signal to which the un-windowing is to be applied, which lie in a time portion in which
an analysis window used in a provision of the input audio signal representation comprises
one or more zero values. These zero values can, for example, represent a zero padding of
the analysis window used in the provision of the input audio signal representation. An
analysis window with zero padding is, for example, used in the provision of the input audio
signal, for example, before a time-domain to frequency-domain conversion, a processing in
the frequency domain and a frequency-domain to time-domain conversion is performed,
which provides the input audio signal. According to an embodiment, a value of the input
audio signal representation which lies in a time portion in which the analysis window used in
the provision of the input audio signal representation comprises a zero value is used as an
approximated value of the DC component. Alternatively, an average of a plurality of values of
the input audio signal representation, which lie in the time portion in which the analysis
window used in the provision of the input audio signal representation comprises a zero value
is used as the approximated value of the DC component. Thus the DC component resulting
out of the windowing and processing of a signal to provide the input audio signal can be
determined in a very easy and efficient manner and can be used to improve the
un-windowing performed by the apparatus.

According to an embodiment, the apparatus is configured to obtain the input audio signal
representation using a spectral domain-to-time domain conversion. The spectral domain-to-
time domain conversion can also be understood, for example, as a frequency domain-to-time
domain conversion. According to an embodiment, the apparatus is configured to use a filter
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bank as the spectral domain-to-time domain conversion. Alternatively, the apparatus is, for
example, configured to use an inverse discrete Fourier transform or an inverse discrete
cosine transform as the spectral domain-to-time domain conversion. Thus, the apparatus is
configured to perform a processing of an intermediate signal to obtain the input audio signal
representation. According to an embodiment, the apparatus is configured to use processing
parameters related to the spectral domain-to-time domain conversion for a provision of the
input audio signal representation. Thus, the processing parameters influencing the
un-windowing performed by the apparatus can be determined by the apparatus very fast and
accurately since the apparatus is configured to perform the processing and it is not
necessary for the apparatus to receive the processing parameters from a different apparatus
performing the processing to provide the input audio signal representation to the inventive

apparatus.

An embodiment according to this invention is related to an audio signal processor for
providing a processed audio signal representation on the basis of an audio signal to be
processed. The audio signal processor is configured to apply an analysis windowing to a
time domain representation of a processing unit, e.g. a frame or a time segment, of an audio
signal to be processed, to obtain a windowed version of the time domain representation of
the processing unit of the audio signal to be processed. Furthermore, the audio signal
processor is configured to obtain a spectral domain representation, e.g. a frequency domain
representation, of the audio signal to be processed on the basis of the windowed version.
Thus, for example a forward frequency transform, like, for example, a DFT, is used to obtain
the spectral domain representation. For example, the frequency transform is applied to the
windowed version of the audio signal to be processed to obtain the spectral domain
representation. The audio signal processor is configured to apply a spectral domain
processing, for example a processing in the frequency domain, to the obtained spectral
domain representation, to obtain a processed spectral domain representation. On the basis
of the processed spectral domain representation, the audio signal processor is configured to
obtain a processed time domain representation, e.g. using an inverse time frequency
transform. The audio signal processor comprises an apparatus as described herein, wherein
the apparatus is configured to obtain the processed time domain representation as its input
audio signal representation, and to provide, on the basis thereof, the processed and, for
example, un-windowed audio signal representation. According to an embodiment, the
apparatus is configured to receive the one or more processing parameters used for the
adaptation of the un-windowing from the audio signal processor. Thus, the one or more
processing parameters can comprise parameters relating to the analysis windowing
performed by the audio signal processor, processing parameters relating to, for example, a
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frequency transform to obtain the spectral domain representation of the audio signal to be
processed, parameters relating to a spectral domain processing performed by the audio
signal processor and/or parameters relating to an inverse time frequency transform to obtain
the processed time domain representation by the audio signal processor.

According to an embodiment, the apparatus is configured to adapt the un-windowing using
window values of the analysis windowing. The window values represent, for example,
processing parameters. The window values represent, for example, the analysis windowing

applied to the time domain representation of the processing unit.

An embodiment is related to an audio decoder for providing a decoded audio representation
on the basis of an encoded audio representation. The audio decoder is configured to obtain a
spectral domain representation, e.g. a frequency domain representation, of an encoded
audio signal on the basis of the encoded audio representation. Furthermore, the audio
decoder is configured to obtain a time domain representation of the encoded audio signal on
the basis of the spectral domain representation, for example, using a frequency-domain to
time-domain conversion. The audio decoder comprises an apparatus according to one of the
herein described embodiments, wherein the apparatus is configured to obtain the time
domain representation as its input audio signal representation and to provide, on the basis
thereof, the processed and, for example, un-windowed audio signal representation as the
decoded audio representation.

According to an embodiment, the audio decoder is configured to provide the, for example,
complete audio signal representation of a given processing unit, for example, frame or time
segment, before a subsequent processing unit, for example, frame or time segment, which
temporally overlaps with the given processing unit, is decoded. Thus, it is possible with the
audio decoder to only decode the given processing unit, without the necessity to decode
forthcoming units, i.e. subsequent processing units, of the encoded audio representation.
Also, a low delay can be achieved.

An embodiment is related to an audio encoder for providing an encoded audio representation
on the basis of an input audio signal representation. The audio encoder comprises an
apparatus according to one of the herein described embodiments, wherein the apparatus is
configured to obtain a processed audio signal representation on the basis of the input audio
signal representation. The audio encoder is configured to encode the processed audio signal
representation. Thus an advantageous encoder is proposed, which can perform the encoding
with a short delay, because an enhanced un-windowing, applied by the apparatus, is used to
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encode, for example, a given processing unit, without already processing a subsequent

processing unit.

According to an embodiment the audio encoder is configured to optionally obtain a spectral
domain representation on the basis of the processed audio signal representation. The
processed audio signal representation is, for example, a time domain representation. The
audio encoder is configured to encode the spectral domain representation and/or the time
domain representation, to obtain the encoded audio representation. Thus, for example, the
herein described un-windowing, performed by the apparatus, can result in a time domain
representation, and encoding of the time domain representation is advantageous, since the
encoded representation results in a shorter delay than, for example, an encoder using a full
overlap-add for providing the processed audio signal representation. According to an
embodiment the encoder in, for example, a system is a switched time domain/frequency

domain encoder.

According to an embodiment the apparatus is configured to perform a downmix of a plurality
of input audio signals, which form the input audio signal representation, in a spectral domain,
and to provide a downmixed signal as the processed audio signal representation.

An embodiment according to the invention is related to a method for providing a processed
audio signal representation on the basis of input audio signal representation, which may be
considered as the input audio signal of the apparatus. The method comprises applying an
un-windowing in order to provide the processed audio signal representation on the basis of
the input audio signal representation. The un-windowing is for example an adaptive
un-windowing, which, for example, at least partially reverses an analysis windowing used for
a provision of the input audio signal representation. Furthermore, the method comprises
adapting the un-windowing in dependence on one or more signal characteristics and/or in
dependence on one or more processing parameters used for a provision of the input audio
signal representation. The one or more signal characteristics are, for example, of the input
audio signal representation or of an intermediate representation from which the input audio
signal representation is derived. The signal characteristics can comprise a DC component d.

The method is based on the same considerations as the apparatus mentioned above. The
method can be optionally supplemented by any features, functionalities and details described
herein also with respect to the apparatus. Said features, functionalities and details can be
used both individually and in combination.
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An embodiment relates to a method for providing a processed audio signal representation on
the basis of an audio signal to be processed. The method comprises applying an analysis
windowing to a time domain representation of a processing unit, for example a frame or a
time segment, of an audio signal to be processed, to obtain a windowed version of the time
domain representation of the processing unit of the audio signal to be processed.
Furthermore, the method comprises obtaining a spectral domain representation, for example
a frequency domain representation, of the audio signal to be processed on the basis of the
windowed version. According to an embodiment, a forward frequency transform like, for
example, a DFT, is used to obtain the spectral domain representation. The forward frequency
transform is for example applied to the windowed version of the audio signal to be processed
to obtain the spectral domain representation. The method comprises applying a spectral
domain processing, for example a processing in the frequency domain, to the obtained
spectral domain representation, to obtain a processed spectral domain representation.
Furthermore, the method comprises obtaining a processed time domain representation on
the basis of the processed spectral domain representation, for example using an inverse time
frequency transform, and providing the processed audio signal representation using a
method described herein, wherein the processed time domain representation is used as the
input audio signal for performing the method.

The method is based on the same considerations as the audio signal processor and/or
apparatus mentioned above. The method can be optionally supplemented by any features,
functionalities and details described herein also with respect to the audio signal processor
and/or apparatus. Said features, functionalities and details can be used both individually and

in combination.

An embodiment according to the invention is related to a method for providing a decoded
audio representation on the basis of an encoded audio representation. The method
comprises obtaining a spectral domain representation, for example a frequency domain
representation, of an encoded audio signal on the basis of the encoded audio representation.
Furthermore, the method comprises obtaining a time domain representation of the encoded
audio signal on the basis of the spectral domain representation and providing a processed
audio signal representation using a method described herein, wherein the time domain
representation is used as the input audio signal for performing the method, and wherein the
processed audio signal representation may constitute the decoded audio representation.

The method is based on the same considerations as the audio decoder and/or apparatus
mentioned above. The method can be optionally supplemented by any features,
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functionalities and details described herein also with respect to the audio decoder and/or
apparatus. Said features, functionalities and details can be used both individually and in

combination.

An embodiment according to the invention is related to a computer program having a

program code for performing, when running on a computer, a method described herein.

Brief description of the drawings

The drawings are not necessarily to scale, emphasis instead generally being placed upon
illustrating the principles of the invention. In the following description, various embodiments

of the invention are described with reference to the following drawings, in which:

Fig. 1a shows a block schematic diagram of an apparatus according to an
embodiment of the present invention;

Fig. 1b shows a schematic diagram of a windowing of an audio signal for a provision
of an input audio signal representation, which can be un-windowed by an
apparatus, according to an embodiment of the present invention;

Fig. 1c shows a schematic diagram of an un-windowing, e.g. a signal approximation,
applied by an apparatus according to an embodiment of the present invention;

Fig. 1d shows a schematic diagram of an un-windowing, e.g. a redressing, applied by
an apparatus according to an embodiment of the present invention;

Fig. 2 shows a block schematic diagram of an audio signal processor according to
an embodiment of the present invention:

Fig. 3 shows a schematic view of an audio decoder according to an embodiment of
the present invention; -

Fig. 4 shows a schematic view of an audio encoder according to an embodiment of
the present invention;

Fig. 5a shows a flow chart of a method for providing a processed audio signal
representation according to an embodiment of the present invention;
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Fig. 5b

Fig. ¢

Fig. 5d

Fig. 6

Fig. 7

Fig. 8

Fig. 9

shows a flow chart of a method for providing a processed audio signal
representation on the basis of an audio signal to be processed according to an

embodiment of the present invention;

shows a flow chart of a method for providing a decoded audio representation

according to an embodiment of the present invention,

shows a flow chart of a method for providing an encoded audio representation

on the basis of an input audio signal representation;

shows a flow chart of a common processing of an audio signal;

shows an example for a windowed frame of a time domain signal before the
forward DFT and the corresponding applied window shape;

shows an example for a mismatch between approximation with static
un-windowing and OLA with a following frame after processing in the DFT
domain and the inverse DFT; and

shows an example of a LPC analysis done on the approximated signal portion
of the previous example.

Detailed description of the embodiments

Equal or equivalent elements or elements with equal or equivalent functionality are denoted

in the following description by equal or equivalent reference numerals even if occurring in

different figures.

In the following description, a plurality of details is set forth to provide a more thorough

explanation of embodiments of the present invention. However, it will be apparent to those

skilled in the art that embodiments of the present invention may be practiced without these

specific details. In other instances, well-known structures and devices are shown in block

diagram form rather than in detail in order to avoid obscuring embodiments of the present

invention. In addition, features of the different embodiments described herein after may be

combined with each other, unless specifically noted otherwise.
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Fig. 1a shows a schematic view of an apparatus 100 for providing a processed audio signal
representation 110 on the basis of an input audio signal representation 120. The input audio
signal representation 120 can be provided by an optional device 200, wherein the device 200
processes a signal 122 to provide the input audio signal representation 120. According to an
embodiment, the device 200 can perform a framing, an analysis windowing, a forward
frequency transform, a processing in a frequency domain and/or an inverse time frequency
transform of the signal 122 to provide the input audio signal representation 120.

According to an embodiment, the apparatus 100 can be configured to obtain the input audio
signal representation 120 from an external device 200. Alternatively, the optional device 200
can be part of the apparatus 100, wherein the optional signal 122 can represent the input
audio signal representation 120 or wherein a processed signal, based on the signal 122,
provided by the device 200 can represent the input audio signal representation 120.

According to an embodiment, the input audio signal representation 120 represents a time-
domain signal after a processing in a spectral domain and a spectral-domain to time-domain

conversion.

The apparatus 100 is configured to apply an un-windowing 130, e.g. an adaptive
un-windowing, in order to provide the processed audio signal representation 110 on the basis
of the input audio signal representation 120. The un-windowing 130, for example, at least
partially reverses an analysis windowing used for a provision of the input audio signal
representation 120. Alternatively or additionally, the apparatus is, for example, configured to
adapt the un-windowing 130 to at least partially reverse the analysis windowing used for the
provision of the input audio signal representation 120. Thus, for example, the optional device
200 can apply a windowing to the signal 122 to obtain the input audio signal representation
120, which can be reversed by the un-windowing 130 (e.g. at least partially).

The apparatus 100 is configured to adapt the un-windowing 130 in dependence on one or
more signal characteristics 140 and/or in dependence on one or more processing
parameters 150 used for a provision of the input audio signal representation 120. According
to an embodiment, the apparatus 100 is configured to obtain the one or more signal
characteristics 140 from the input audio signal representation 120 and/or from the device
200, wherein the device 200 can provide one or more signal characteristics 140 of the
optional signal 122 and/or of intermediate signals resulting from a processing of the signal
122 for the provision of the input audio signal representation 120. Thus, the apparatus 100 s,
for example, configured to not only use signal characteristics 140 of the input audio signal
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representation 120 but alternatively or in addition also from intermediate signals or an
original signal 122, from which the input audio signal representation 120 is, for example,
derived. The signal characteristics 140, may, for example, comprise amplitudes, phases,
frequencies, DC components, etc. of signals relevant for the processed audio signal
representation 110. According to an embodiment, the processing parameters 150 can be
obtained from the optional device 200 by the apparatus 100. The processing parameters, for
example, define configurations of methods or processing steps applied to signals, for
example, to the original signal 122 or to one or more intermediate signals, for a provision of
the input audio signal representation 120. Thus, the processing parameters 150 can
represent or define a processing the input audio signal representation 120 underwent.

According to an embodiment, the signal characteristics 140 can comprise one or more
parameters describing signal characteristics of a time domain representation of a time
domain signal, i.e. the input audio signal representation 120, of a current processing unit or
frame, e.g. a given processing unit, wherein the time domain signal results, for example, after
a processing in a frequency domain and a frequency-domain to time-domain conversion of a
windowed and processed version of signal 122. Additionally or alternatively, the signal
characteristics 140 can comprise one or more parameters describing signal characteristics of
a frequency domain representation of an intermediate signal, from which a time domain input
audio signal, e.g. the input audio signal representation 120 to which the un-windowing is
applied, is derived.

According to an embodiment, the signal characteristics 140 and/or the processing
parameters 150 as described herein can be used by the apparatus 100 to adapt the
un-windowing 130 as described in the following embodiments. The signal characteristics can,
for example, be obtained using a signal analysis of signal 120, or of any signal from which
signal 120 is derived.

According to an embodiment, the apparatus 100 is configured to adapt the un-windowing 130
to at least partially compensate for a lack of signal values of a subsequent processing unit,
e.g., a subsequent frame. The optional signal 122 is, for example, windowed by the optional
device 200 into processing units, wherein a given processing unit can be un-windowed 130
by the apparatus 100. With a common approach, an un-windowed given processing unit
undergoes an overlap-add with a previous processing unit and a subsequent processing unit.
With the herein proposed adaptation of the un-windowing 130, the subsequent processing
unit is not needed because the un-windowing 130 can approximate the processed audio
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signal representation 110, as if the overlap-add with a subsequent frame is performed

without actually performing an overlap-add with the subsequent frame.

In the following with respect to Fig. 1b to Fig. 1d a more thorough description of frames, i.e.
processing units, and their overlap regions is presented for an apparatus shown in Fig. 1a

according to an embodiment.

In Fig. 1b the analysis windowing, which can be performed by the optional device 200 as one
of the steps to obtain the intermediate signal 123 according to an embodiment of the present
invention, is shown. According to an embodiment, the intermediate signal 123 can be
processed further by the optional device 200 for providing the input audio signal
representation, as shown in Fig. 1c and/or Fig. 1d.

Fig. 1b is only a schematic view to show a windowed version of a previous processing unit
124,4, a windowed version of a given processing unit 124; and a windowed version of a
subsequent processing unit 1244, wherein the index i represents a natural number of at
least 2. According to an embodiment, the previous processing unit 124, the given
processing unit 124; and the subsequent processing unit 124,., can be achieved by a
windowing 132 applied to a time domain signal 122. According to an embodiment, the given
processing unit 124; can overlap with the previous processing unit 124, in a time period of t,
to ty and can overlap with the subsequent processing unit 124, in a time period ty to t;. It is
clear that Fig. 1b is only schematic and that signals after the analysis windowing can look
differently than shown in Fig. 1b. It should be noted that the windowed processing units 124
to 124,.1 may be transformed into a frequency domain, processed in the frequency domain,
and transformed back into the time domain. In Fig. 1c the previous processing unit 1244, the
given processing unit 124; and the subsequent processing unit 124, is shown and in Fig. 1d
the previous processing unit 1244 and the given processing unit 124 is shown, wherein the
un-windowing applied by the apparatus can be based on the processing units 124. According
to an embodiment, the previous processing unit 124,, can be associated with a past frame
and the given processing unit 124; can be associated with a current frame.

Commonly, an overlap-add is performed for frames comprising these overlap regions t; to t,
and/or t; to {3 (t; to t; can be associated with ns to n, in Fig. 1d) after a synthesis windowing
(which is typically applied after a transform back to the time domain or even together with
said transform back to the time domain) to provide a processed audio signal representation.
In contrast, the inventive apparatus 100, shown in Fig. 1a, can be configured to apply the
un-windowing 130 (i.e. an undoing of an analysis windowing), whereby an overlap-add of the
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given processing unit 124; with a subsequent processing unit 124;,, in the time period t, to t;
is not necessary, see Fig. 1c and Fig. 1d. This is, for example, achieved by an adaptation of
the un-windowing to at least partially compensate a lack of signal values of the subsequent
processing unit 1244, as shown in Fig. 1c. Thus, for example, the signal values in the time
period t; to t; of the subsequent processing unit 124,., are not needed and an error, which
may occur because of this lack of the signal values, can be compensated by the
un-windowing 130 by the apparatus 100 (for example, using an upscaling of values of the
signal 120 in an end portion of the given processing unit, which is adapted to signal
characteristics and/or processing parameters to avoid or reduce artifacts). This can result in

an additional delay reduction from signal approximation.

If the un-windowing is applied, for example, to the input audio signal representation provided
by a processing of the intermediate signal 123, the un-windowing is configured to provide
reconstructed version of a given processing unit 124;, i.e. a time segment, frame, of the
processed audio signal representation 110 before a subsequent processing unit 124,., which
at least partially temporally overlaps the given processing unit, in the time period t, to t,, is
available, see Fig. 1c and/or Fig. 1d. Thus, the apparatus 100 does not need to look ahead,
since it is sufficient to only un-window the given processing unit 124,

According to an embodiment, the apparatus 100 is configured to apply an overlap-add of the
given processing unit 124; and the previous processing unit 124, in the time period t, to t,
since the previous processing unit 124, is, for example, already processed by the apparatus
100.

According to an embodiment, the apparatus 100 is configured to adapt the un-windowing 130
to reduce or to limit a deviation between a processed audio signal representation (for
example, an un-windowed version of the given processing unit 124, of the input audio signal
representation) and a result of an overlap-add between subsequent processing units of the
input audio signal representation. Thus, the un-windowing is adapted such that nearly no
deviation occurs between the processed audio signal representation, e.g. of the given
processing unit 124;, and a processed audio signal representation which would be obtained
using a conventional overlap-add with the subsequent processing unit, wherein the new
un-windowing by the apparatus 100 has less delay than common methods, since the
subsequent processing unit 124, does not have to be considered in the un-windowing,
which results in an optimization of a delay needed to process a signal for providing the
processed audio signal representation 110.



10

15

20

25

30

35

WO 2020/094263 -22- PCT/EP2019/063693

According to an embodiment, the apparatus 100, shown in Fig. 1a, is configured to adapt the
un-windowing 130 to limit values of the processed audio signal representation 110. Thus, for
example, high values, e.g. at least in an end portion 126, see Fig. 1b or Fig. 8, of a
processing unit, e.g. in a time period t, to t; of the given processing unit 124;, can be limited
by the un-windowing (for example, by a selective reduction of an upscaling factor, e.g., in the
case of a slow convergence to zero of the input audio signal representation at an end 126 of
the given processing unit 124;). Thus, it can be avoided that a large deviation as it might
occur between an output signal 112, with an approximated portion obtained by static
un-windowing and an output signal 112, obtained using OLA with a next frame, will occur,
see Fig. 8. According to an embodiment, the apparatus 100 is configured to use weighing
values for performing the unweighing which are smaller than multiplicative inverses for
corresponding values of an analysis windowing 132 used to obtain the intermediate signal
123, which can be processed further for a provision of the input audio signal representation
120, for example, at least for scaling an end portion 126 of a processing unit of the input
audio signal representation 120.

According to an embodiment, the un-windowing 130 can apply a scaling to the input audio
signal representation 120, wherein the scaling in the end portion 126 in the time period t, to
ts, see Fig. 1b, of the given processing unit 124 of the input audio signal representation 120
is reduced in some situations when compared to a case in which the input audio signal
representation 120, e.g. smoothly, converges to zero in the end portion 126 of the given
processing unit 124;. Thus, the un-windowing 130 can be adapted by the apparatus 100 such
that the input audio signal representation 120 can undergo different scalings for different time
periods in the given processing unit 124;. Thus, for example, at least in the end portion 126 of
the given processing unit 124; of the input audio signal representation 120, the un-windowing
is adapted, to thereby limit a dynamic range of the processed audio signal representation
110. Thus, high peaks as shown for the output signal 112, in the end portion 126 in Fig. 8
can be avoided by the inventive apparatus 100, which is configured to adapt the
un-windowing 130.

According to an embodiment, different given processing units 124, i.e. different portions of
the input audio signal representation 120, can be un-windowed by different scalings,
whereby an adaptive un-windowing is realized. Thus, for example, the signal 122 can be
windowed by the device 200 into a plurality of processing units 124 and the apparatus 100
can be configured to perform an un-windowing for each processing unit 124 (e.g. using
different un-windowing parameters) to provide the processed audio signal representation
110.
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According to an embodiment, the input audio signal representation 120 can comprise a DC
component, e.g. an offset, which can be used by the apparatus 100 to adapt the
un-windowing 130. The DC component of the input audio signal representation can, for
example, result from the processing performed by the optional device 200 for providing the
input audio signal representation 120. According to an embodiment, the apparatus 100 is
configured to at least partially remove the DC component of the input audio sighal
representation, by, for example, applying the un-windowing 130 and/or before applying a
scaling, i.e. the un-windowing 130, which reverses the windowing, e.g. the analysis
windowing. According to an embodiment, the DC component of the input audio signal
representation can be removed by the apparatus before a division by a window value, which
represents, for example, the un-windowing. According to an embodiment, the DC component
can at least partially be removed selectively in the overlap region, represented, for example,
by the end portion 126, with the subsequent processing unit 124,.4. According to an
embodiment, the un-windowing 130 is applied to a DC-removed or DC-reduced version of
the input audio signal representation 120, wherein the un-windowing can represent a scaling
in dependence on a window value in order to obtain the processed audio signal
representation 110. The scaling is, for example, applied by dividing the DC-removed or DC-
reduced version of the input audio signal representation 120 by the window vaiue. The
window value is for example represented by the window 132, shown in Fig. 1b, wherein, for
example, for each time step in the given processing unit 124, a window value exists.

The DC component of the input audio signal representation 120 can be re-introduced, e.g. at
least partially, after a scaling, e.g. a window-value-based scaling, of the DC-removed or DC-
reduced version of the input audio signal representation 120. This is based on the idea that
the DC component can result in an error occurring in the un-windowing, and by removing it
before the un-windowing and re-introducing the DC component after the un-windowing, this
error is minimized.

According to an embodiment the un-windowing 130 is configured to determine the processed
audio signal representation y,[n] 110 on the basis of the input audio signal representation y[n]

120 according to y.[n] =M+d,ne [ns;ne]. The DC component or DC offset, for

waln}
example, in a current processing unit or frame of the input audio signal representation, or in a
portion thereof can be represented by the value d. The Index n is a time index, representing,
for example time steps or a continuous time in a time interval ns to ne (see Fig. 1d), wherein
ns is a time index of a first sample of an overlap region, e.g. between a current processing
unit or frame and a subsequent processing unit or frame, and wherein n, is a time index of a
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last sample of the overlap region. The value or function w,[n] is an analysis window 132 used
for a provision of the input audio signal representation 120, e. g. in a time frame between n,

and ne.

In other words, in a preferred embodiment it is assumed that the processing adds e. g.aDC
offset d to the processed frame of the signal, and the redressing (or un-windowing) is
adapted to this DC component.

_ Uln]—4d) ,
yrln] = W +d,n € [ngn,]

In a further preferred embodiment, this DC component is e. g. approximated by employing an
analysis window with zero padding and takes the value of a sample within the zero padding
range after processing and inverse DFT as an approximated value d for the added DC

component.

According to an embodiment, the apparatus 100 is configured to determine the DC
component using one or more values of the input audio signal representation 120 which lie in
a time portion 134, see Fig. 1b, in which an analysis window 132 used in a provision of the
input audio signal representation 120 comprises one or more zero values. This time portion
134 can represent a zero padding (e.g., a contiguous zero padding), which can be optionally
applied to determine the DC component of the input audio signal representation 120. While
the zero padding in the time portion 134 of the analysis window 132 should result in zero
values of a windowed signal in this time portion 134, a processing of this windowed signal
can result in a DC offset in this time portion 134, defining the DC component. According to an
embodiment, the DC component can represent a mean offset of the input audio signal
representation 120 in the time portion 134 (see Fig. 1b).

In other words the apparatus 100 described in the context of Fig. 1a to Fig. 1d can perform
an adaptive Un-Windowing for Low Delay Frequency Domain Processing according to an
embodiment. This invention discloses a novel approach for un-windowing or redressing (see
Fig. 1c or Fig. 1d) a time signal after, for example, processing with a filter bank without the
need for an overlap-add with a following frame to obtain a time signal that is a good
approximation of the fully processed signal after overlap-add with a following frame, leading,
for example, to a lower delay for a signal processing system where a time signal is further
processed after a processing using a filter bank.

Fig. 1c and Fig. 1d can show the same or an alternative un-windowing performed by the
herein proposed apparatus 100, wherein an overlap-add (OLA) can be performed between
the past frame and the current frame and no subsequent processing unit 124;,; is needed.
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To ensure a good approximation of the redressed signal portion (e.g. of processed audio
signal representation at the end portion 126) and avoid instead of a static un-windowing with
the inverse of the applied analysis window, we propose, for example, an adaptive redressing
Yeln] = f(y[nl, welnD,n € [ng; n]
The adaption (e.g., of the un-windowing function mapping y[n] onto y,.[n]) is preferably based
on the analysis window w, and e. g. on one or more of the following parameters
J Parameters available and used in the processing in the frequency domain of

the current frames and possibly past frames

® Parameters derived from the frequency domain representation of the current
frame
J Parameters derived from the time signal of the current frame after processing

in the frequency domain and the inverse frequency transform
Advantages of the new method and apparatus are a better approximation of the real
processed and overlap-added signal in the area of the right overlap part when no following

frame is available yet.

The herein proposed apparatus 100 and method can be used in the following areas of

applications:

® Low delay processing systems using further processing of a signal after
processing it in the frequency domain using a forward and inverse frequency
transform with overlap-add.

o For the usage in a parametric stereo encoder or stereo decoder or stereo
encoder/decoder system where in the encoder a downmix is created by
processing the stereo input signals in the frequency domain and the frequency
domain downmix is transformed back to the time domain for a further mono
encoding using a state of the art mono speech/music encoder like EVS.

® For usage in a future stereo extension of the EVS coding standard, namely in
a DFT stereo part of this system.

® An Embodiment can be used in a 3GPP IVAS apparatus or system.

Fig. 2 shows an audio signal processor 300 for providing a processed audio signal
representation 110 on the basis of an audio signal 122, i.e. a first signal, to be processed.
According to an embodiment, the first signal 122 x[n] can be framed and/or analysis
windowed 210 to provide a first intermediate signal 123,, the first intermediate signal 123,
can undergo a forward frequency transform 220 to provide a second intermediate signal
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123,, the second intermediate signal 123, can undergo a processing 230 in a frequency
domain to provide a third intermediate signal 123; and the third intermediate signal 123; can
undergo an inverse time frequency transform 240 to provide a forth intermediate signal 123,.
The analysis windowing 210 is, for example, applied by the audio signal processor 300 to a
time domain representation of a processing unit, e.g. a frame, of the audio signal 122. The
thereby obtained first intermediate signal 123, represents, for example, a windowed version
of the time domain representation of the processing unit of the audio signal 122. The second
intermediate signal 123, can represent a spectral domain representation or a frequency
domain representation of the audio signal 122 obtained on the basis of the windowed
version, i.e. the first intermediate signal 123,. The processing 230 in the frequency domain
can also represent a spectral domain processing and may, for example, comprise a filtering
and/or a smoothing and/or a frequency translation and/or a sound effect processing like an
echo insertion or the like and/or a bandwidth extension and/or an ambience signal extraction
and/or a source separation. Thus, the third intermediate signal 123; can represent a
processed spectral domain representation and the fourth intermediate signal 123, can
represent a processed time domain representation optional on the basis of the processed
spectral domain representation, i.e. the third intermediate signal 123,.

According to an embodiment, the audio signal processor 200 comprises an apparatus 100
as, for example, described with regard to Fig. 1a and/or Fig. 1b, which is configured to obtain
the processed time representation 1234 y[n] as its input audio signal representation, and to
provide, on the basis thereof, the processed audio signal representation y[n] 110. The
inverse time frequency transform 240 can represent a spectral domain to time domain
conversion, for example, using a filter bank, using an inverse discrete Fourier transform or an
inverse discrete cosine transform. Thus, the apparatus 100 is, for example, configured to
obtain the input audio signal representation, represented by the fourth intermediate signal
1234, using a spectral domain-to-time domain conversion.

The apparatus is configured to perform an un-windowing, in order to provide the processed
audio signal representation 110 y[n] on the basis of the input audio signal representation
123,. According to an embodiment, the un-windowing is applied to the fourth intermediate
signal 123,. An adaptation of the un-windowing 130 by the apparatus 100 can comprise
features and/or functionalities as described with regard to Fig. 1a and/or Fig. 1b. According
to an embodiment, the apparatus 100 can be configured to adapt the un-windowing 130 in
dependence on signal characteristics 140, to 140, of the intermediate signals 123, to 123,
and/or in dependence on processing parameters 150, to 150, of the respective processing
steps 210, 220, 230 and/or 240 used for a provision of the input audio signal representation.
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For example, it may be concluded from the processing parameters whether it can be
expected that input audio signal representation input into the un-windowing comprises a dc
offset or is likely to comprise a dc offset or comprises a slow convergence towards zero at an
end of a frame. Accordingly, the processing parameters may be used to decide whether

and/or how the un-windowing should be adapted.

According to an embodiment the apparatus 100 is configured to adapt the un-windowing
using window values of the analysis windowing 210 performed by the audio signal processor
200.

According to an embodiment the apparatus is configured to perform an un-windowing to

determine the processed audio signal representation y[n] 110 on the basis of the input audio

_ G-

wa] TAME [ng; n,]. The value d can

signal representation y[n] 123, according to v, [n]

represent a DC component or DC offset of the fourth intermediate signal 123, and w,[n] can
represent an analysis window used for a provision of the input audio signal representation
1234 in the processing step 210. This un-windowing is, for example, performed in a time
period ng to ne for all times n.

Fig. 3 shows a schematic view of an audio decoder 400 for providing a decoded audio
representation 410 on the basis of an encoded audio representation 420. The audio decoder
400 is configured to obtain a spectral domain representation 430 of an encoded audio signal
on the basis of the encoded audio representation 420. Furthermore, the audio decoder 400 is
configured to obtain a time domain representation 440 of the encoded audio signal on the
basis of the spectral domain representation 430. Furthermore, the audio decoder 400
comprises an apparatus 100, which can comprise features and/or functionalities as
described with regard to Fig. 1a and/or Fig. 1b. The apparatus 100 is configured to obtain the
time domain representation 440 as its input audio signal representation and to provide, on
the basis thereof, the processed audio signal representation 410 as the encoded audio
representation. The processed audio signal representation 410 is, for example, an
un-windowed audio signal representation, because the apparatus 100 is configured to
un-window the time domain representation 440.

According to an embodiment the audio decoder 400 is configured to provide the, e.g.
complete, decoded audio signal representation 410 of a given processing unit, e.g. frame,
before a subsequent processing unit, e.g. frame, which temporally overlaps with the given
processing unit is decoded.
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Fig. 4 shows a schematic view of an audio encoder 800 for providing an encoded audio
representation 810 on the basis of an input audio signal representation 122, wherein the
input audio signal representation 122 comprises, for example, a plurality of input audio
signals. The input audio signal representation 122 is optionally pre-processed 200 to provide
a second input audio signal representation 120 for an apparatus 100. The pre-processing
200 can comprise a framing, an analysis windowing, a forward frequency transform, a
processing in a frequency domain and/or an inverse time frequency transform of the signal
122 to provide the second input audio signal representation 120. Alternatively the input audio
signal representation 122 can already represent the second input audio signal representation
120.

The apparatus 100 can comprise features and functionalities as described herein, for
example, with regard to Fig. 1a to Fig. 2. The apparatus 100 is configured to obtain a
processed audio signal representation 820 on the basis of the input audio signal
representation 122. According to an embodiment the apparatus 100 is configured to perform
a downmix of a plurality of input audio signals, which form the input audio signal
representation 122 or the second input audio signal representation 120, in a spectral domain,
and to provide a downmixed signal as the processed audio signal representation 820.
According to an embodiment, the apparatus 100 can perform a first processing 830 of the
input audio signal representation 122 or of the second input audio signal representation 120.
The first processing 830 can comprise features and functionalities as described with regard
to the pre-processing 200. The signal obtained by the optional first processing 830 can be
unwindowed and/or further processed 840 to provide the processed audio signal
representation 820. The processed audio signal representation 820 is, for example, a time
domain signal.

According to an embodiment the encoder 800 comprises a spectral-domain encoding 870
and/or a time-domain encoding 872. As shown in Fig. 4 the encoder 800 can comprise at
least one switch 880, 880, to change an encoding mode between the spectral-domain
encoding 870 and the time-domain encoding 872 (e.g. switching encoding). The encoder
switches, for example, in a signal-adaptive manner. Alternatively the encoder can comprise
either the spectral-domain encoding 870 or the time-domain encoding 872, without switching
between this two encoding modes.

At the spectral-domain encoding 870 the processed audio signal representation 820 can be
transformed 850 into a spectral domain signal. This transformation is optional. According to
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an embodiment the processed audio signal representation 820 represents already a spectral

domain signal, whereby no transform 850 is needed.

The audio encoder 800 is, for example, configured to encode 860, the processed audio
signal representation 820. As described above, the audio encoder can be configured to

encode the spectral domain representation, to obtain the encoded audio representation 810.

At the time-domain encoding 872 the audio encoder 800 is, for example, configured to
encode the processed audio signal representation 820 using a time-domain encoding to
obtain the encoded audio representation 810. According to an embodiment an LPC-based
encoding can be used, which determines and encodes linear predication coefficiients and

which determines and encodes an excitation.

Fig. 5a shows a flow chart of a method 500 for providing a processed audio signal
representation on the basis of input audio signal representation Yy, which may be
considered as the input audio signal of an apparatus as described herein. The method
comprises applying 510 an un-windowing, e.g. an adaptive un-windowing, in order to provide
the processed audio signal representation, e.g. y,[n], on the basis of the input audio signal
representation. The un-windowing, for example, at least partially reverses an analysis
windowing used for a provision of the input audio signal representation and is, e.g., defined
by f(y[n],waIn]). The method 500 comprises adapting 520 the un-windowing in dependence
on one or more signal characteristics and/or in dependence on one or more processing
parameters used for a provision of the input audio signal representation. The one or more
signal characteristics are, e.g., signal characteristics of the input audio signal representation
or of an intermediate representation from which the input audio signal representation is
derived and can, e.g., comprise a DC component d.

Fig. 5b shows a flow chart of a method 600 for providing a processed audio signal
representation on the basis of an audio signal to be processed, comprising applying 610 an
analysis windowing to a time domain representation of a processing unit, e.g. a frame, of an
audio signal to be processed, to obtain a windowed version of the time domain
representation of the processing unit of the audio signal to be processed. Furthermore the
method 600 comprises obtaining 620 a spectral domain representation, e.g. a frequency
domain representation, of the audio signal to be processed on the basis of the windowed
version, e.g. using a forward frequency transform, like, for example, a DFT. The method
comprises applying 630 a spectral domain processing, e.g. a processing in the frequency
domain, to the obtained spectral domain representation, to obtain a processed spectral
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domain representation. Additionally the method comprises obtaining 640 a processed time
domain representation on the basis of the processed spectral domain representation, e.g.
using an inverse time frequency transform, and providing 650 the processed audio signal
representation using the method 500, wherein the processed time domain representation is

used as the input audio signal for performing the method 500.

Fig. 5¢ shows a flow chart of a method 700 for providing a decoded audio representation on
the basis of an encoded audio representation comprising obtaining 710 a spectral domain
representation, e.g. a frequency domain representation, of an encoded audio signal on the
basis of the encoded audio representation. Furthermore the method comprises obtaining 720
a time domain representation of the encoded audio signal on the basis of the spectral
domain representation and providing 730 the processed audio signal representation using
the method 500, wherein the time domain representation is used as the input audio signal for

performing the method 500.

Fig. 5d shows a flow chart of a method 900 for providing 930 an encoded audio
representation on the basis of an input audio signal representation. The method comprises
obtaining 910 a processed audio signal representation on the basis of the input audio signal
representation using the method 500. The method 900 comprises encoding 920 the
processed audio signal representation.

Implementation alternatives:

Although some aspects are 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 programmable
computer or an electronic circuit. In some embodiments, one or more of the most important
method steps may be executed by such an apparatus.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
digital 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
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programmable computer 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.

Generally, embodiments of the present invention can be implemented as a computer
program 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

described 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

computer program runs on a computer.

A further embodiment of the inventive methods is, therefore, a data carrier (or a digital
storage 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
programmable 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.
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A further embodiment according to the invention comprises an apparatus or a system
configured 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

receijver.

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
microprocessor 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 apparatus described herein, or any components of the apparatus described herein, may
be implemented at least partially in hardware and/or in software.

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 methods described herein, or any components of the apparatus described herein, may
be performed at least partially by hardware and/or by software.

The embodiments described herein are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details 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

An apparatus (100) for providing a processed audio signal representation (110) on

the basis of input audio signal representation (120),

wherein the apparatus (100) is configured to apply an un-windowing (130), in order to
provide the processed audio signal representation (110) on the basis of the input

audio signal representation (120),

wherein the apparatus (100) is configured to adapt the un-windowing (130) in
dependence on one or more signal characteristics (140, 140, to 140,) and/or in
dependence on one or more processing parameters (150, 150, to 150,) used for a

provision of the input audio signal representation (120).
The apparatus (100) acdording to claim 1,

wherein the apparatus (100) is configured to adapt the un-windowing (130) in
dependence on processing parameters (150, 150, to 150,) determining a processing
used to derive the input audio signal representation (120).

The apparatus (100) according to claim 1 or 2,

wherein the apparatus (100) is configured to adapt the un-windowing (130) in
dependence on signal characteristics (140, 140, to 140,) of the input audio signal
representation (120) and/or of an intermediate signal (123, to 123,) representation
from which the input audio signal representation (120) is derived.

The apparatus (100) according to claim 3,

wherein the apparatus (100) is configured to obtain one or more parameters
describing signal characteristics (140, 140, to 140,) of a time domain representation
of a signal, to which the un-windowing (130) is applied; and/or

wherein the apparatus (100) is configured to obtain one or more parameters
describing signal characteristics (140, 140, to 1404) of a frequency domain
representation of an intermediate signal (123, to 123,), from which a time domain
input audio signal, to which the un-windowing (130) is applied, is derived; and
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wherein the apparatus (100) is configured to adapt the un-windowing (130) in

dependence on the one or more parameters.

The apparatus (100) according to one of claims 1 to 4,

wherein the apparatus (100) is configured to adapt the un-windowing (130) to at least
partially reverse an analysis windowing (210) used for a provision of the input audio
signal representation (120).

The apparatus (100) according to one of claims 1 to 5,

wherein the apparatus (100) is configured to adapt the un-windowing (130) to at least
partially compensate for a lack of signal values of a subsequent processing unit
(124i+1)-

The apparatus (100) according to one of claims 1 to 6,

wherein the un-windowing (130) is configured to provide a given processing unit
(124)) of the processed audio signal representation (1 10) before a subsequent
processing unit (124,.4), which at least partially temporally overlaps (128) the given
processing unit (124, is available.

The apparatus (100) according to one of claims 1 to 7,

wherein the apparatus (100) is configured to adapt the un-windowing (130) to limit a
deviation between the given processed audio signal representation (110) and a result
of an overlap-add between subsequent processing units (124i.1) of the input audio
signal representation (120).

The apparatus (100) according to one of claims 1 to 8,

wherein the apparatus (100) is configured to adapt the un-windowing (130) to limit
values of the processed audio signal representation (110).

The apparatus (100) according to one of claims 1 10 9,



10

15

20

25

30

35

1.

12.

13.

14.

15.

16.

WO 2020/094263 -35- PCT/EP2019/063693

wherein the apparatus (100) is configured to adapt the un-windowing (130) such that
for an input audio signal representation (120) which does not converge to zero in an
end portion (126) of a processing unit (124;) of the input audio signal (120), a scaling
which is applied by the un-windowing (130) in the end portion (126) of the processing
unit (124 is reduced when compared to a case in which the input audio signal
representation (120) converges to zero in the end portion (126) of the processing unit
(124,).

The apparatus (100) according to one of claims 1 to 10,

wherein the apparatus (100) is configured to adapt the un-windowing (130), to
thereby limit a dynamic range of the processed audio signal representation (110).

The apparatus (100) according to one of claims 1 to 11,

Wherein the apparatus (100) is configured to adapt the un-windowing (130) in
dependence on a DC component of the input audio signal representation (120).

The apparatus (100) according to one of claims 1 to 12,

wherein the apparatus (100) is configured to at least partially remove a DC
component of the input audio signal representation (120).

The apparatus (100) according to one of claims 1 to 13,

wherein the un-windowing (130) is configured to scale a DC-removed or DC-reduced
version of the input audio signal representation (120) in dependence on a window
value (132) in order to obtain the processed audio signal representation (1 10).

The apparatus (100) according to one of claims 1 to 14,

wherein the un-windowing (130) is configured to at least partially re-introduce a DC
component after a scaling of a DC-removed or DC-reduced version of the input audio

signal (120).

The apparatus (100) according to one of claims 1 to 15,
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wherein the un-windowing (130) is configured to determine the processed audio
signal representation (110) y[n] on the basis of the input audio signal representation

(120) y[n] according to

yin] —d)
wgln]

Yrln] = +d,n € [ngn,]
wherein d is a DC component;

wherein n is a time index;

wherein n; is a time index of a first sample of an overlap region;

wherein n, is a time index of a last sample of the overlap region (126); and

wherein w,[n] is an analysis window (132) used for a provision of the input audio

signal representation (120).
The apparatus (100) according to one of claims 1 to 16,

wherein the apparatus (100) is configured to determine the DC component using one
or more values of the input audio signal representation (120) which lie in a time
portion (134) in which an analysis window (132) used in a provision of the input audio

signal representation (120) comprises one or more zero values.
The apparatus (100) according to one of claims 1 to 17,

wherein the apparatus (100) is configured to obtain the input audio signal
representation (120) using a spectral domain-to-time domain conversion (240).

Audio signal processor (300) for providing a processed audio signal representation
(110) on the basis of an audio signal (122) to be processed,

wherein the audio signal processor (300) is configured to apply an analysis
windowing (210) to a time domain representation of a processing unit of an audio
signal (122) to be processed, to obtain a windowed version (123,) of the time domain
representation of the processing unit of the audio signal (122) to be processed, and

wherein the audio signal processor (300) is configured to obtain a spectral domain
representation (123,) of the audio signal (122) to be processed on the basis of the
windowed version (123,),
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wherein the audio signal processor (300) is configured to apply a spectral domain
processing (230) to the obtained spectral domain representation (123,), to obtain a

processed spectral domain representation (1233),

wherein the audio signal processor (300) is configured to obtain a processed time
domain representation (123,) on the basis of the processed spectral domain

representation (123;), and

wherein the audio signal processor (300) comprises an apparatus (100) according to
one of claim 1 to 18, wherein the apparatus (100) is configured to obtain the
processed time domain representation (123;) as its input audio signal representation
(120), and to provide, on the basis thereof, the processed audio signal representation
(110).

The audio signal processor (300) according to claim 19,

wherein the apparatus (100) is configured to adapt the un-windowing (130) using

window values of the analysis windowing (210).

An audio decoder (400) for providing a decoded audio representation (410) on the
basis of an encoded audio representation (420),

wherein the audio decoder (400) is configured to obtain a spectral domain
representation (430) of an encoded audio signal (420) on the basis of the encoded

audio representation (420),

wherein the audio decoder (400) is configured to obtain a time domain representation
(440) of the encoded audio signal (420) on the basis of the spectral domain
representation (430), and

wherein the audio decoder comprises an apparatus (100) according to one of the

claims 1 to 18,

wherein the apparatus (100) is configured to obtain the time domain representation
(440) as its input audio signal representation (120), and to provide, on the basis

thereof, the processed audio signal representation (110).
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The audio decoder (400) according to claim 21,

wherein the audio decoder (400) is configured to provide the audio signal
representation (122) of a given processing unit (124;) before a subsequent processing
unit (124..) which temporally overlaps with the given processing unit (124;) is

decoded.

An audio encoder for providing an encoded audio representation on the basis of an

input audio signal representation,

wherein the audio encoder comprises an apparatus according to one of claims 1 to
18, wherein the apparatus is configured to obtain a processed audio signal
representation on the basis of the input audio signal representation, and

wherein the audio encoder is configured to encode the processed audio signal
representation.

The audio encoder according to claim 23, wherein the audio encoder is configured to
obtain a spectral domain representation on the basis of the processed audio signal
representation, wherein the processed audio signal representation is a time domain
representation, and

wherein the audio encoder is configured to use a spectral-domain encoding to encode

the spectral domain representation, to obtain the encoded audio representation.

The audio encoder according to claim 23 or 24, wherein the audio encoder is
configured to encode the processed audio signal representation using a time-domain
encoding to obtain the encoded audio representation.

The audio encoder according to one of the claims 23 to 25, wherein the audio
encoder is configured to encode the processed audio signal representation using a
switching encoding which switches between a spectral-domain encoding and a time-
domain encoding.

The audio encoder according to one of the claims 23 to 26, wherein the apparatus is
configured to perform a downmix of a plurality of input audio signals, which form the
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input audio signal representation, in a spectral domain, and to provide a downmixed
signal as the processed audio signal representation.

A method (500) for providing a processed audio signal representation on the basis of

input audio signal representation,

wherein the method comprises applying (510) an un-windowing, in order to provide
the processed audio signal representation on the basis of the input audio signal

representation,

wherein the method comprises adapting (520) the un-windowing in dependence on
one or more signal characteristics (140, 140, to 140,) and/or in dependence on one or
more processing parameters (150, 150, to 150,) used for a provision of the input

audio signal representation.

A method (600) for providing a processed audio signal representation on the basis of
an audio signal to be processed,

wherein the method comprises applying (610) an analysis windowing to a time
domain representation of a processing unit of an audio signal to be processed, to
obtain a windowed version of the time domain representation of the processing unit of

the audio signal to be processed, and

wherein the method comprises obtaining (620) a spectral domain representation of
the audio signal to be processed on the basis of the windowed version,

wherein the method comprises applying (630) a spectral domain processing to the
obtained spectral domain representation, to obtain a processed spectral domain

representation,

wherein the method comprises obtaining (640) a processed time domain
representation on the basis of the processed spectral domain representation, and

wherein the method comprises providing (650) the processed audio signal
representation using the method according to claim 28, wherein the processed time
domain representation is used as the input audio signal for performing the method

according to claim 28.
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A method (700) for providing a decoded audio representation on the basis of an
encoded audio representation,

wherein the method comprises obtaining (710) a spectral domain representation of an
encoded audio signal on the basis of the encoded audio representation,

wherein the method comprises obtaining (720) a time domain representation of the
encoded audio signal on the basis of the spectral domain representation, and

wherein the method comprises providing (730) the processed audio signal
representation using the method according to claim 28, wherein the time domain
representation is used as the input audio signal for performing the method according
to claim 28.

A method (900) for providing (930) an encoded audio representation on the basis of
an input audio signal representation, ‘

wherein the method comprises bbtaining (910) a processed audio signal
representation on the basis of the input audio signal representation using the method
according to claim 26, and

wherein the method comprises encoding (920) the processed audio signal

representation.

A computer program having a program code for performing, when running on a
computer, a method according to claim 28, claim 29, claim 30 or claim 31.
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representation on the basis of an input audio signal representation

l

Adapting the unwindowing in dependence on one or more signal
characteristics and/or in dependence on ane or more processing [~ 520
parameters used for a provision of the input audio signal representation

Fig. 5a
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Applying an analysis windowing to a time domain representation of
a processing unit of an audio signal to be processed, to obtain
a windowed version of the time domain representation of the
processing unit of the audio signal to be processed

—~— 610

l

Obtaining a spectral domain representation of the audio signal

to be processed on the basis of the windowed version 620

l

Applying a spectral domain processing to the obtained spectral domain

representation, to obtain a processed spectral domain representation 630

l

Obtaining a processed time domain representation on the basis

of the processed spectral domain representation 640

i

Providing the processed audio signal representation —~— 650
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Obtaining a spectral domain representation of an encoded
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Providing the processed audio signal representation

—~— 730

Fig. 5¢C

Obtaining a processed audio signal representation on
the basis of an input audio signal representation

l

Encoding the processed audio signal representation
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