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AUDIO SIGNAL ENCODER, AUDIO SIGNAL DECODER, METHOD FOR
ENCODING OR DECODING AN AUDIO SIGNAL USING AN ALIASING-
CANCELLATION

Technical Field

Embodiments according to the invention create an audio signal decoder for providing a
decoded representation of an audio content on the basis of an encoded representation of the
audio content.

Embodiments according to the invention create an audio signal encoder for providing an
encoded representation of an audio content comprising a first set of spectral coefficients, a
representation of an aliasing-cancellation stimulus signal and a plurality of linear-
prediction-domain parameters on the basis of an input representation of the audio content.

Embodiments according to the invention create a method for providing a decoded
representation of an audio content on the basis of an encoded representation of the audio
content.

Embodiments according to the invention create a method for providing an encoded
representation of an audio content on the basis of an input representation of the audio
content.

Embodiments according to the invention create a computer program for performing one of
said methods.

Embodiments according to the invention create a concept for a unification of unified-

speech-and-audio-coding (also designated briefly as USAC) windowing and frame
transitions.

Background of the Invention

In the following some background of the invention will be explained in order to facilitate
the understanding of the invention and advantages thereof. '
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During the past decade, big effort has been input on creating the possibility to digitally
store and distribute audio content. One important achievement on this way is the definition
of the International Standard ISO/IEC 14496-3. Part 3 of this Standard is related to a
coding and decoding of audio contents, and sub-part 4 of part 3 is related to general audio
coding. ISO/IEC 14496, part 3, sub-part 4 defines a concept for encoding and decoding of
general audio content. In addition, further improvements have been proposed in order to
improve the quality and/or reduce the required bitrate. Moreover, it has been found that the
performance of frequency-domain based audio coders is not optimal for audio contents
comprising speech. Recently, a unified speech-and-audio codec has been proposed which
efficiently combines techniques from both words, namely speech coding and audio coding.
For some details, reference is made to the publication “A Novel Scheme for Low Bitrate
Unified Speech and Audio Coding — MPEG-RMO0 ™ of M. Neuendorf et al. (presented at
the 126" Convention of the Audio Engineering Society, May 7-10, 2009, Munich,
Germany).

In such an audio coder, some audio frames are encoded in the frequency-domain and some
audio frames are encoded in the linear-prediction-domain.

However, it has been found that it is difficult to transition between frames encoded in

different domains without sacrificing a significant amount of bitrate.

In view of this situation, there is a desire to create a concept for encoding and decoding an
audio content comprising both speech and general audio, which allows for efficient
realization of transitions between portions encoded using different modes.

Summary of the Invention

Embodiments according to the invention create an audio signal decoder for providing a
decoded representation of an audio content on the basis of an encoded representation of an
audio content. The audio signal decoder comprises a transform domain path (for example,
a transform-coded excitation linear-prediction-domain-path) configured to obtain a time
domain representation of the audio content encoded in a transform domain mode on the
basis of a first set of spectral coefficients, a representation of an aliasing-cancellation
stimulus signal, and a plurality of linear-prediction-domain parameters (for example,
linear-prediction-coding filter coefficients). The transform domain path comprises a
spectrum processor configured to apply a spectral shaping to the (first) set of spectral
coefficients in dependence on at least a subset of linear-prediction-domain parameters to
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obtain a spectrally-shaped version of the first set of spectral coefficients. The transform
domain path also comprises a (first) frequency-domain-to-time-domain-converter
configured to obtain a time-domain representation of the audio content on the basis of the
spectrally-shaped version of the first set of spectral coefficients. The transform domain
path also comprises an aliasing-cancellation-stimulus filter configured to filter the aliasing-
cancellation stimulus signal in dependence on at least a subset of the linear-prediction-
domain parameters, to derive an aliasing-cancellation synthesis signal from the aliasing-
cancellation stimulus signal. The transform domain path also comprises a combiner
configured to combine the time-domain representation of the audio content with the
aliasing-cancellation synthesis signal, or a post-processed version thereof, to obtain an
aliasing-reduced time-domain signal.

This embodiment of the invention is based on the finding that an audio decoder which
performs a spectral shaping of the spectral coefficients of the first set of spectral
coefficients in the frequency-domain, and which computes an aliasing-cancellation
synthesis signal by time-domain filtering an aliasing-cancellation stimulus signal, wherein
both the spectral shaping of the spectral coefficients and the time-domain filtering of the
aliasing-cancellation-stimulus signal are performed in dependence on linear-prediction-
domain parameters, is well-suited for transitions from and to portions (for example,
frames) of the audio signal encoded with different noise shaping and also for transitions
from or to frames which are encoded in different domains. Accordingly, transitions (for
example, between overlapping or non-overlapping frames) of the audio signal, which are
encoded in different modes of a multi-mode audio signal coding, can be rendered by the
audio signal decoder with good auditory quality and at a moderate level of overhead.

For example, performing the spectral shaping of the first set of coefficients in the
frequency-domain allows having the transitions between portions (for example, frames) of
the audio content encoded using different noise shaping concepts in the transform domain,
wherein an aliasing-cancellation can be obtained with good efficiency between the
different portions of the audio content encoded using different noise shaping methods (for
example, scale-factor-based noise shaping and linear-prediction-domain-parameter-based
noise-shaping). Moreover, the above-described concepts also allows for an efficient
reduction of aliasing artifacts between portions (for example, frames) of the audio content
encoded in different domains (for example, one in the transform domain and one in the
algebraic-code-excited-linear-prediction-domain). The usage of a time-domain filtering of
the aliasing-cancellation stimulus signal allows for an aliasing~-cancellation at the transition
from and-to a portion of the audio content encoded in the algebraic-code-excited-linear-
prediction mode even if the noise shaping of the current portion of the audio content
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(which may be encoded, for example, in a transform-coded-excitation linear prediction-
domain mode) is performed in the frequency-domain, rather than by a time-domain
filtering.

To summarize the above, embodiments according to the present invention allow for a good
tradeoff between a required side information and a perceptual quality of transitions
between portions of the audio content encoded in three different modes (for example,
frequency-domain mode, transform-coded-excitation linear-prediction-domain mode, and
algebraic-code-excited-linear-prediction mode).

In a preferred embodiment, the audio signal decoder is a multi-mode audio signal decoder
configured to switch between a plurality of coding modes. In this case, the transform
domain branch is configured to selectively obtain the aliasing cancellation synthesis signal
for a portion of the audio content following a previous portion of the audio content which
does not allow for an aliasing-cancelling overlap-and-add operation or followed by a
subsequent portion of the audio content which does not allow for an aliasing-cancelling
overlap-and-add operation. It has been found that the application of a noise shaping, which
is performed by the spectral shaping of the spectral coefficients of the first set of spectral
coefficients, allows for a transition between portions of the audio content encoded in the
transform domain and using different noise shaping concepts (for example, a scale-factor-
based noise shaping concept and a linear-prediction-domain-parameter-based noise
shaping concept) without using the aliasing-cancellation signals, because the usage of the
first frequency-domain-to-time-domain converter after the spcctril shaping allows for an
efficient aliasing-cancellation between subsequent frames encoded in the transform
domain, even if different noise-shaping approaches are used in the subsequent audio
frames. Thus, bitrate efficiency can be obtained by selectively obtaining the aliasing-
cancellation synthesis signal only for transitions from or to a portion of the audio content
encoded in a non-transform domain (for example, in an algebraic code-excited-linear-
prediction-mode). ‘

In a preferred embodiment, the audio signal decoder is configured to switch between a
transform-coded-excitation-linear-prediction-domain mode, which uses a transform-coded-
excitation information and a linear-prediction-domain parameter information, and a
frequency-domain mode, which uses a spectral coefficient information and a scale factor
information. In this case, the transform-domain-path is configured to obtain the first set of
spectral coefficients on the basis of the transform-coded-excitation information and to
obtain the linear-prediction-domain parameters on the basis of the linear-prediction-
domain-parameter information. The audio signal decoder comprises a frequency domain



10

15

20

25

30

35

WO 2011/048117 PCT/EP2010/065752
-5

path configured to obtain a time-domain representation of the audio content encoded in the
frequency-domain mode on the basis of a frequency-domain mode set of speciral
coefficients described by the spectral coefficient information and in dependence on a set of
scale factors described by the scale factor information. The frequency-domain path
comprises a spectrum processor configured to apply a spectral shaping to the frequency-
domain mode set of spectral coefficients, or to a pre-processed version thereof, in
dependence on the scale factors to obtain a spectrally-shaped frequency-domain mode set
of spectral coefficients. The frequency-domain path also comprises a frequency-domain-to-
time-domain converter configured to obtain a time-domain representation of the audio
content on the basis of the spectrally-shaped frequency-domain-mode set of spectral
coefficients. The audio signal decoder is configured such that time-domain representations
of two subsequent portions of the audio content, one of which two subsequent portions of
the audio content is encoded in the transform-coded-excitation linear-prediction-domain
mode, and one of which two subsequent portions of the audio content is encoded in the
frequency-domain mode, comprise a temporal overlap to cancel a time-domain aliasing
caused by the frequency-domain-to-time-domain conversion.

As already discussed, the concept according to the embodiments of the invention is well-
suited for transitions between portions of the audio content encoded in the transform-
coded-excitation-linear-predication-domain mode and in the frequency-domain mode. A
very good quality aliasing-cancellation is obtained due to the fact that the spectral shaping
is performed in the frequency-domain in the transform-coded-excitation-linear-prediction-
domain mode. '

In a preferred embodiment, the audio signal decoder is conﬁguréd to switch between a
transform-coded-excitation-linear-prediction-domain-mode which uses a transform-coded-
excitation information and a linear-prediction-domain parameter information, and an
aigebraic~code~excited-1ineax-prediction mode, which uses an algebraic-code-excitation-
information and a linear-prediction-domain-parameter information. In this case, the
transform-domain path is configured to obtain the first set of spectral coefficients on the
basis of the transform-coded-excitation information and to obtain the linear-prediction-
dormain parameters on the basis of the linear-prediction-domain-parameter information.
The audio signal decoder comprises an algebraic-code-excited-linear-prediction path
configured to obtain a time-domain representation of the audio content encoded in the
algebraic-code-excited-linear-prediction (also designated briefly with ACELP in the
following) mode, on the basis of the algebraic-code-excitation information and the linear-
prcdiction-udomain parameter information. In this case, the ACELP path comprises an
ACELP excitation processor configured to provide a time-domain excitation signal on the



10

15

25

30

35

WO 2011/048117 PCT/EP2010/065752
-6-

basis of the algebraic-code-excitation information and a synthesis filter configured to
perform a time-domain filtering, to provide a reconstructed signal on the basis of the time-
domain excitation signal and in dependence on linear-prediction-domain filter coefficients
obtained on the basis of the linear-prediction-domain parameter information. The
transform domain path is configured to selectively provide the aliasing-cancellation
synthesis signal for a portion of the audio content encoded in the transform-coded-
excitation linear-prediction-domain mode following a portion of the audio content encoded
in the ACELP mode and for a portion of the content encoded in the transfer-coded-
excitation-linear-prediction-domain mode preceding a portion of the audio content encoded
in the ACELP mode. 1t has been found that the aliasing-cancellation synthesis signal is
very well-suited for transitions between portions (for example, frames) encoded in the
trausform-coded-excitation-linear-prediction-domain  (in the following also briefly
designated as TCX-LPD) mode and the ACELP mode.

In a preferred embodiment, the aliasing-cancellation stimulus filter is configured to filter
the aliasing-cancellation stimulus signals in dependence on linear-prediction-domain filter
parameters which correspond to a left-sided aliasing folding point of the first frequency-
domain-to-time-domain converter for a portion of the audio content encoded in the TCX-
LPD mode following a portion of the audio content encoded in the ACELP mode. The
aliasing-cancellation stimulus filter is configured to filter the aliasing-cancellation stimulus
signal in dependence on linear-prediction-domain filter parameters which correspond to a
right-sided aliasing folding point of the second frequency-domain-to-time-domain
converter for a portion of the audio content encoded in the transform-coded-excitation-
linear-prediction-mode preceding a portion of the audio content encoded in the ACELP
mode. By applying linear-prediction-domain filter parameters, which correspond to the
aliasing folding points, an extremely efficient aliasing-cancellation can be obtained. Also,
the iinear-prediction-domain filter parameters, which correspond to the aliasing folding
points, are typically easily obtainable as the aliasing folding points are often at the
transition from one frame to the next, such that the transmission of said linear-prediction-
domain filter parameters is required ‘anyway. Accordingly, overheads are kept to a
minimum. - '

In a further embodiment, the audio signal decoder is configured to initialize memory
values of the aliasing-cancellation stimulus filter to zero for providing the aliasing-
canceliation synthesis signal, and to feed M samples of the aliasing-cancellation stimulus
signal into the aliasing-cancellation stimulus filter {o obtain corresponding non-zero input
response samples of the aliasing-cancellation synthesis signal, and to further obtain a
plurality of zero-input response samples of the aliasing-cancellation synthesis signal. The
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combiner is preferably configured to combine the time-domain representation of the audio
content with the non-zero input response samples and the subsequent zero-input response
samples, to obtain an aliasing-reduced time-domain signal at a transition from a portion of
the audio content encoded in the ACELP mode to a portion of the audio content encoded in
the TCX-LPD mode following the porﬁon: of the audio content encoded in the ACELP
mode. By exploiting both, the non-zero input response samples and the zero-input response
samples, a very good usage can be made of the aliasing-cancellation stimulus filter. Also, a
very smooth aliasing-cancellation synthesis signal can be obtained while keeping a number
of required samples of the aliasing-cancellation stimulus signal as small as possible.
Moreover, it has been found that a shape of the aliasing-cancellation synthesis signal is
very well-adapted to typical aliasing artifacts by using the above-mentioned concept. Thus,
a very good tradeoff between coding efﬁciéncy and aliasing-cancellation can be obtained.

In a preferred embodiment, the audio signal decoder is configured to combine a windowed
and folded version of at least a portion of a time-domain representation obtained using the
ACELP mode with a time-domain representation of a subsequent portion of the audio
content obtained using the TCX-LPD mode, to at least partially cancel an aliasing. It has
been found that the usage of such aliasing-cancellation mechanisms, in addition to the
generation of the aliasing cancellation synthests signal, provides the possibility of
obtaining an aliasing-cancellation in a very bitrate efficient manner. In particular, the
required aliasing-cancellation stimulus signal can be encoded with high efficiency if the
allasing-cancellation synthesis signal is supported, in the aliasing-cancellation, by the
windowed and folded version of at least a portion of a time-domain representation obtained
using the ACELP mode.

In a preferred embodiment, the audio signal decoder is configured to combine a windowed
version of a zero impulse response of the synthesis filter of the ACELP branch with a time-
domain representation of a subsequent portion of the audio content obtained using the
TCX-LPD moade, to at least partially cancel an aliasing. It has been found that the usage of
such a zero impulse response may also help to improve the coding efficiency of the
aliasing-cancellation stimulus signal, because the zero impulse response of the synthesis
filter of the ACELP branch typically cancels at least a part of the aliasing in the TCX-LPD-
encoded portion of the audio content. Accordingly, the energy of the aliasing-cancellation
synthesis signal is reduced, which, in turn, results in a reduction of the energy of the
aliasing-cancellation stimulus signal. However, encoding signals with a smaller energy is
typically possible with reduced bitrate requirements.
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In a preferred embodiment, the audio signal decoder is configured to switch between a
TCX-LPD mode, in which a lapped frequency-domain-to-time-domain transform is used, a
frequency-domain mode, in which a lapped frequency-domain-to time-domain transform s
used, as well as an algebraic-code-excited-linear-prediction mode. In this case, the audio
signal decoder is configured to at least partially cancel an aliasing at a transition between a
portion of the audio content encoded in the TCX-LPD mode and a portion of the audio
content encoded in the frequency-domain mode by performing an overlap-and-add
operation between time domain samples of subsequent overlapping portions of the audio
content. Also, the audio signal decoder is configured to at least partially cancel an aliasing
at a transition between a portion of the audio content encoded in the TCX-LPD mode and a
portion of the audio content encoded in the ACELP mode using the aliasing-cancellation
synthesis signal. It has been found that the audio signal decoder also is well-suited for
switching between different modes of operation, wherein the aliasing cancels very
efficiently.

In a preferred embodiment, the audio signal decoder is configured to apply a common gain
value fof a gain scaling of a time-domain representation provided by the first frequency-
domain-to-time-domain converter of the transform domain path (for example, TCX-LPD
path) and for a gain scaling of the aliasing-cancellation stimulus signal or the aliasing-
cancellation synthesis signal. It has been found that a reuse of this common gain value both
for the scaling of the time-domain representation provided by the first frequency-domain-
to-time-domain converter and for the scaling of the aliasing-cancellation stimulus signal or
aliasing-cancellation synthesis signal allows for the reduction of bitrate required at a
transition between portions of the audio content encoded in different modes. This is very
important, as a bitrate requirement is increased by the encoding of the aliasing-cancellation
stimulus signal in the environment of a transition between portions of the audio content
encoded in the different modes.

In a preferred embodiment, the audio signal decoder is configured to apply, in addition to
the spectral shaping performed in dependence on at least the subset of linear-prediction-
domain parameters, a spectrum deshaping to at least a subset of the first set of spectral
coefficients. In this case, the audio signal decoder is configured to apply the spectrum de-
shaping to at least a subset of a set of aliasing-cancellation spectral coefficients from which
the aliasing-cancellation stimulus signal is derived. Applying a spectral deshaping both, to
the first set of spectral coefficients, and to the aliasing-cancellation spectral coefficients
from which the aliasing cancellation stimulus signal is derived, ensures that the aliasing
cancellation synthesis signal is well-adapted to the “main > audio content signal provided
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by the first frequency-domain-to-time-domain converter, Again, the coding efficiency for
encoding the aliasing cancellation stimulus signal is improved.

In a preferred environment, the audio signal decoder comprises a second frequency-
domain-to-time-domain converter conﬁgﬁred to obtain a time-domain representation of the
aliasing-cancellation stimulus signal in dependence on a set of spectral coefficients
epresentihg the aliasing-cancellation stimulus signal. In this case, the first frequency-
domain-to-time-domain converter is configured to perform a lapped transform, which
comprises a time-domain aliasing. The second frequency-domain-to-time-domain
converter is configured to perform a non-lapped transform. Accordingly, a high coding
efficiency can be maintained by using the lapped transform for the “main ™ signal
synthesis. Nevertheless, the aliasing-cancellation achieved using an additional frequency-
domain-to-time-domain conversion, which is non-lapped. However, it has been found that
the combination of the lapped frequency-domain-to-time~-domain conversion and the non-
lapped frequency-domain-to-time-domain conversion allows for a.more efficient encoding
of transitions that a single non-lapped frequency-domain-to-time-domain transition.

An embodiment according to the invention creates an audio signal encoder for providing
an encoded representation of an audio content comprising a first set of spectral
coefficients, a represen-tation of an aliasing-cancellation stimulus éignal and a plurality of
linear-prediction-domain parameters on the basis of an input repfesentation of the audio
content. The audio signal encoder comprises a time-domain-to-frequency-domain
converter configured to process the input representation of the audio content, to obtain a
frequency-domain representation of the audio content. The audio signal encoder also
comprises a spectral processor configured to apply a spectral shaping to a set of spectral
coefficients, or to a pre-processed version thereof, in dependence on a set of linear-
prediction-domain parameters for a portion of the audio content to be encoded in the
linear-prediction-domain, to obtain a spectrally-shaped frequency-domain representation of
the audio content. The audio signal encoder also comprises an aliasing-cancellation
information provider configured to provide a representation of an aliasing-cancellation
stimulus signal, such that a filtering of the aliasing-cancellation stimulus signal in
dependence on at least a subset of the linear prediction domain parameters results in an
aliasing-cancellation synthesis signal for cancelling aliasing artifacts in an audio signal
decoder.

The audio signal encoder discussed here is well-suited for cooperation with the audio
signal encoder described before. In particular, the audio signal encoder is configured to
provide a representation of the audio content in which a bitrate overhead required for
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cancelling aliasing at transitions between portions (for example, frames or sub-frames) of
the audio content encoded in different modes is kept reasonably small.

Further embodiments according to the invention create a method for providing a decoded
representation of the audio content and a method for providing an encoded representation
of an audio content. Said methods are based on the same ideas as the apparatus discussed
above.

Embodiments according to the invention create computer programs for performing one of
said methods. The computer programs are also based on the same considerations.

Brief Description of the Figures

Embodiments according to the present invention will subsequently be described taking
reference to the enclosed figures, in which:

Fig. 1 shows a block schematic diagram of an audio signal encoder, according to
an embodiment of the invention;

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

Fig. 3a shows a block schematic diagram of a reference audio signal decoder
according to working draft 4 of the Unified Speech and Audio Coding
(USAC) draft standard;

Fig. 3b shows a block schematic diagram of an audio signal decoder, according to

another embodiment of the invention;

Fig. 4 shows a graphical representation of a reference window transition according
to working draft 4 of the USAC draft standard;

Fig. 5 shows a schematic representation of window transitions which can be used
in an audio signal coding, according to an embodiment of the invention;

Fig. 6 shows a schematic representation providing an overview over all window
types used in an audio signal encoder according to an embodiment of the
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Fig. 7

Fig. 8

Fig. 9

Fig. 10

Fig. 11

Fig. 12

Table 1

Fig. 13

Table 2

Table 3

Table 4

Table 5

-11 -

invention or an audio signal decoder according to an embodiment of the
invention;

shows a table representation of allowed window sequences, which may be
used in an audio signal encoder according to an embodiment of the
invention, or and audio signal decoder according to an embodiment of the

invention;

shows a detailed block schematic diagram of an audio signal encoder,
according to an embodiment of the invention;

shows a detailed block schematic diagram of an audio signal decoder
according to an embodiment of the invention;

shows a schematic representation of forward-aliasing-cancellation (FAC)
decoding operations for transitions from and to ACELP;

shows a schematic representation of a computation of an FAC target at an
encoder;

shows a schematic representation of a quantization of an FAC target in the
context of a frequency-domain-noise-shaping (FDNS);

shows conditions for the presence of a given LPC filter in a bitstream;

shows a schematic representation of a principle of a weighted algebraic LPC
inverse quantizer;

shows a representation of possible absolute and relative quantization modes
and corresponding bitstream-signaling of “mode Ipc ”;

shows a table representation of coding modes for codebook numbers ny;

shows a table representation of a normalization vector W for AVQ
quantization;

shows a table representation of mapping for a mean excitation energy E;
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Table 6 shows a table representation of a number of spectral coefficients as a
function of “mod{}; ”
Fig. 14 shows a representation of a syntax of a frequency-domain channel stream
“fd_channel stream() ”;
Fig. 15 shows a representation of a syntax of a linear-prediction-domain channel

stream “Ipd_channel_stream() ”; and

Fig. 16 shows a representation of a syntax of the forward aliasing-cancellation data
“fac_data() ™.

Detailed Description of the Embodiments

1. Audio Signal Decodjcr according to Fig, 1

Fig. 1 shows a block schematic diagram of an audio signal encoder 100, according to an
embodiment of the invention. The audio signal encoder 100 is configured to receive an
input representation 110 of an audio content and to provide, on the basis thereof, an
encoded representation 112 of the audio content. The encoded representation 112 of the
audio content comprises a first set 112a of spectral coefficients, a plurality of linear-
prediction-domain parameters 112b and a representation 112¢ of an aliasing-cancellation
stimulus signal. ‘ A

The audio signal encoder 100 comprises a time-domain-to-frequency-domain converter
120 which is configured to process the input representation 110 of the audio content (or,
equivalently, a pre-processed version 110’ thereof), to obtain a frequency-domain
representation 122 of the audio content (which may take the form of a set of speciral
coefficients). ' ‘

The audio signal encoder 100 also comprises a spectral processor 130 which is configured
to apply a spectral shaping to the frequency-domain representation 122 of the audio
content, or to a pre-processed version 122° thereof, in dependence on a set 140 of linear-
prediction-domain parameters for a portion of the audio content to be encoded in the
linear-prediction-domain, to obtain a spectrally-shaped frequency-domain representation
[32 of the audio content. The first set 112a of spectral coefficients may be equal to the
spectrally-shaped frequency-domain representation 132 of the audio content, or may be
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derived from the spectrally-shaped frequency-domain representation 132 of the audio
content.

The audio signal encoder 100 also comprises an aliasing-cancellation information provider
150, which is configured to provide a representation 112¢ of an aliasing-cancellation
stimulus signal, such that a filtering of the aliasing-cancellation stimulus signal in
dependence on at least a subset of the linear-prediction-domain parameters 140 results in
an aliasing-cancellation synthesis signal for cancelling aliasing artifacts in an audio signal
decoder.

It should also be noted that the linear-prediction-domain parameters 112b may, for
example, be equal to the linear-prediction-domain parameters 140,

The audio signal encoder 110 provides information which is well-suited for a
reconstruction of the audio content, even if different portions (for example, frames or sub-
frames) of the audio content are encoded in different modes. For a portion of the audio
content encoded in the linear-prediction-domain, for example, in a transform-coded-
excitation linear-prediction-domain mode, the spectral shaping, which brings along a noise
shaping and therefore allows a quantization of the audio content with a comparatively
small bitrate, is performed after the time-domain-to-frequency-domain conversion. This
allows for an aliasing cancelling overlap-and-add of a portion of the audio content encoded
in the linear-prediction-domain with a preceding or subsequent portion of the audio content
encoded in a frequency-domain mode. By using the linear-prediction-domain parameters
140 for the spectral shaping, the spectral shaping is well-adapted to speech-like audio
contents, such that a particularly good coding efficiency can be obtained for speech-like
audio contents. Moreover, the representation of the aliasing-cancellation stimulus signal
allows for an efficient aliasing-cancellation at transitions from or towards a portion (for
example, frame or sub-frame) of the audio content encoded in the algebraic-code-excited-
linear-prediction mode. By providing the representation of the aliasing-cancellation
stimulus signal in dependence on the linear prediction domain parameters, a particularly
efficient representation of the aliasing-cancellation stimulus signal is obtained, which can
be decoded at the side of the decoder taking into consideration the linear-prediction-
domain parameters, which are known at the decoder anyway.

To summarize, the audio signal encoder 100 is well-suited for enabling transitions between
portions of the audio content encoded in different coding modes and is capable of
providing an aliasing-cancellation information in a particularly compact form.
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2. Audio Signal Decoder according to Fig. 2

Fig. 2 shows a block schematic diagram of an audio signal decoder 200 according to an
embodiment of the invention. The audio signal decoder 200 is configured to receive an
encoded representation 210 of the audio content and to provide, on the basis thereof, the
decoded representation 212 of the audio content, for example, in the form of an aliasing-
reduced-time-domain signal.

The audio signal decoder 200 comprises a transform domain path (for example, a
transform-coded-excitation linear-prediction-domain path) configured to obtain a time-
domain representation 212 of the audio content encoded in a transform domain mode on
the basis of a (first) set 220 of spectral coefficients, a representation 224 of an aliasing-
cancellation stimulus signal and a plurality of linear-prediction-domain parameters 222.
The transform domain path comprises a spectrum processor 230 configured to apply a
spectral shaping to the (first) set 220 of spectral coefficients in dependence on at least a
subset of the linear-prediction-domain parameters 222, to obtain a spectrally-shaped
version 232 of the first set 220 of spectral coefficients. The transform domain path also
comprises a (first) frequency-domain-to-time-domain converter 240 configured to obtain a
time-domain represeﬁiaticﬁ 242 of the audio content on the basis of the spectrally-shaped
version 232 of the (first) set 220 of spectral coefficients. The transform domain path also
comprises an aliasing-cancellation stimulus filter 250, which is configured to filter the
aliasing-cancellation stimulus signal (which is represented by the representation 224) in
dependence on at least a subset of the linear-prediction-domain parameters 222, to derive
an aliasing-cancellation synthesis signal 252 from the aliasing-cancellation stimulus signal.
The transform domain path also comprises a combiner 260 configured to combine the
time-domain representation 242 of the audio content (or, equivalently, a post-processed
version 242’ thereof) with the aliasing-cancellation synthesis signal 252 (or, equivalently, a
post-processed version 2527 thereof), to obtain the aliasing-reduced time-domain signal
212.

The audio signal decoder 200 may comprise an optional processing 270 for deriving the
setting of the spectrum processor 230, which performs, for example, a scaling and/or
frequency-domain noise shaping, from at least a subset of the linear-prediction-domain
parameters. '

The audio signal decoder 200 also comprises an optional processing 280, which is
configured to derive the setting of the aliasing-cancellation stimulus filter 250, which may,
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for example, perform a synthesis filtering for synthesizing the aliasing-cancellation
synthesis signal 252, from at least a subset of the linear-prediction-domain parameters 222.

The audio signal decoder 200 is configured to provide an aliasing-reduced time dornain
signal 212, which is well-suited for a combination both, with a time-domain signal
representing an audio content and obtained in a frequency-domain mode of operation, and
to/in combination with a time-domain si gnal representing an audio content and encoded in
an ACELP mode of operation. Particularly good overlap-and-add characteristics exist
between portions (for-example, frames) of the audio content decoded using a frequency-
domain mode of operation (using a frequency-domain path not shown in Fig. 2) and
portions (for example, a frame or sub-frame) of the audio content decoded using the
transform domain path of Fig. 2, as the noise shaping is performed by the spectrum
processor 230 in the frequency-domain, i.e. before the frequency-domain-to-time—domain
conversion 240. Moreover, particularly good aliasing-cancellations can also be obtained
between a portion (for example, a frame or sub-frame) of the audio content decoded using
the transform domain path of ¥ig. 2 and a portion (for example, a frame or sub-frame) of
the audio content decoded using an ACELP decoding path due to the fact that the aliasing-
cancellation synthesis signal 252 is provided on the basis of a filtering of an aliasing-
cancellation stimulus signal in dependencé on linear-prediction-domain parameters. An
aliasing—cénceliation synthesis signal 252, which is obtained in this manner, is typically
well-adapted to the aliasing artifacts which occur at the transition between a portion of the
audio content encoded in the TCX-LPD mode and a portion of the audio content encoded
in the ACELP mode. Further optional details regarding the operation of the audio signal
decoding will be described in the following..

3. Switched Audio Decoders according to Figs. 3a and 3b

In the following, the concept of a multi-mode audio signal decoder will briefly be
discussed taking reference to Figs. 3a and 3b.

3.1 Audio Signal Decoder 300 according to Fig. 3a

Fig. 3a shows a block schematic diagram of a reference multi-mode audio signal decoder,
and Fig. 3b shows a block schematic diagram of a multi-mode audio signal decoder,
according to an embodiment of the invention. In other words, Fig. 3a shows a basic
decoder signal flow of a reference system (for example, according to working draft 4 of the
USAC draft standard), and Fig. 3b shows a basic decoder signal flow of a proposed system
according to an embodiment of the invention.



10

15

20

25

30

35

WO 2011/048117 PCT/EP2010/065752
-16 -

The audio signal decoder 300 will be described first taking reference to Fig. 3a. The audio
signal decoder 300 comprises a bit multiplexer 310, which is configured to receive an input
bitstream and to provide the information included in the bitstream to the appropriate
processing units of the processing branches. '

The audio signal decoder 300 comprises a frequency-domain mode path 320, which is
configured to receive a scale factor information 322 and an encoded spectral coefficient
information 324, and to provide, on the basis thereof, a time-domain representation 326 of
an audio frame encoded in the frequency-domain mode. The audio signal decoder 300 also
comprises a transform-coded-excitation-linear-prediction-domain path 330, which is
configured to receive an encoded transform-coded-excitation information 332 and a linear-
prediction coefficient information 334, (also designated as a linear-prediction coding
information, or as a linear-prediction-domain information or as a linear-prediction-coding
filter information) and to provide, on the basis thereof, a time-domain representation of an
audio frame or audio sub-frame encoded in the transform-coded-excitation-linear-
prediction-domain (TCX-LPD) mode. The audio signal decoder 300 also comprises an
algebraic-code-excited-—linear-prediction (ACELP) path 340, which is configured to receive
an encoded excitation information 342 and a linear-prediction-coding information 344
(also designated as a linear prediction coefficient information or as a linear prediction
domain information or as a linear-prediction-coding filter information) and to provide, on
the basis thereof, a time-domain linear-prediction-coding information, to as representation
of an audio frame or audio sub-frame encoded in the ACELP mode. The audio signal
decoder 300 also comprises a transition windowing, which is configured to receive the
time-domain representations 326, 336, 346 of frames or sub-frames of the audio content
encoded in the different modes and to combine the time domain representation using a
transition windowing.

The frequency-domain path 320 comprises an arithmetic decoder 320a configured to
decode the encoded spectral representation 324, to obtain a decoded spectral representation
320b, an inverse quantizer 320d configured to provide an inversely quantized spectral
representation 320e on the basis of the decoded spectral representation 320b, a scaling
320e configured to scale the inversely quantized spectral representation 320d in
dependence on scale factors, to obtain a scaled spectral representation 320f and a (inverse)
modified discrete cosine transform 320g for providing a time-domain representation 326
on the basis of the scaled spectral representation 3201,
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The TCX-LPD branch 330 comprises an arithmetic decoder 330a configured to provide a
decoded spectral representation 330b on the basis of the encoded spectral representation
332, an inverse quantizer 330c configured to provide an inversely quantized spectral
representation 330d on the basis of the decoded spectral representation 330b, a (inverse)
modified discrete cosine transform 330e for providing an excitation signal 330f on the
basis of the inversely quantized spectral representation 330d, and a linear-prediction-
coding synthesis filter 330g for providing the time-domain representation 336 on the basis
of the excitation signal 330f and the linear-prediction-coding filter coefficients 334 (also
sometimes designated as linear-prediction-domain filter coefficients).

The ACELP branch 340 comprises an ACELP excitation processor 340a configured to
provide an ACELP excitation signal 340b on the basis of the encoded excitation signal 342
and a linear-prediction-coding synthesis filter 340c for providing the time-domain
representation 346 on the basis of the ACELP excitation signal 340b and the linear-
prediction-coding filter coefficients 344, '

3.2 Transition Windowing according to Fig. 4

Taking reference now to Fig. 4, the transition windowing 350 will be described in more
detail. First of all, the general framing structure of an audio signal decoder 300 will be
described. However, it should be noted that a very similar framing structure with only
minor differences, or even an identical general framing structure, will be used in the other
audio signal encoders or decoders described herein, It should also be noted that audio
frames typically comprise a length of N ‘samples, wherein N may be equal to 2048.
Subsequent frames of the audio content may be overlapping by approximately 50%, for
example, by N/2 audio samples. An audio frame may be encoded in the frequency-domain,
such that the N time-dornain samples of an audio frame are represented by a set of, for
example, N/2 spectral coefficients. Alternatively, the N time-domain samples of an audio
frame may also be represented by a plurality of, for example, eigﬁi sets of, for example,
128 spectral coefficients. Accordingly, a higher temporal resolution can be obtained.

If the N time-domain samples of an audio frame are encoded in the frequency-domain
mode using a single set of spectral coefficients, a single window such as, for example, a
so-called “STOP_START ™ window, a so-called “AAC Long ” window, a so-called “AAC
Start ” window, or a so-called “AAC Stop ” window may be applied to window the time
domain samples 326 provided by the inverse modified discrete cosine transform 320g. In
contrast, a plurality of shorter windows, for example of the type “AAC Short ”, may be
applied to window the time-domain representations obtained using different sets of spectral
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coefficients, if the N time-domain samples of an audio frame are encoded using a plurality
of sets of spectral coefficients. For example, separate short windows may be applied to
time-domain representations obtained on the basis of individual sets of spectral coefficients
associated with a single audio frame.

An audio frame encoded in the linear-prediction-domain mode may be sub-divided into a
plurality of sub-frames, which are sometimes designated as “frames ”. Each of the sub-
frames may be encoded either in the TCX-LPD mode or in the ACELP mode.
Accordingly, however, in the TCX-LPD mode, two or even four of the sub-frames may be
encoded together using a single set of spectral coefficients describing the transform
encoded excitation.

A sub-frame (or a group of two or four sub-frames) encoded in the TCX-LPD mode may
be represented by a set of spectral coefficients and one or more sets of linear-prediction-
coding filter coefficients. A sub-frame of the audio content encoded in the ACELP domain
may be represented by an encoded ACELP excitation signal and one or more sets of linear-
prediction-coding filter coefficients.

Taking reference now 1o Fig. 4, the implementation of transitions between frames or sub-
frames will be described. In the schematic representation of Fig. 4, abscissas 402a to 402i
describe a time in terms of audio samples, and ordinates 404a to 4041 describe windows
and/or temporal regions for which time domain samples are provided.

At reference numeral 410, a transition between two overlapping frames encoded in the
frequency-domain is represented. At reference numeral 420, a transition from a sub-frame
encoded in the ACELP mode to a frame encoded in the frequency-domain mode is shown.
At reference numeral 430, a transition from a frame (or a sub-frame) encoded in the TCX-
LPD mode (also designated as “wLPT ” mode) to a frame encoded in the frequency-
domain mode as illustrated. At reference numeral 440, a transition between a frame
encoded in the frequency-domain mode and a sub-frame encoded in the ACELP mode is
shown. At reference numeral 450, a transition between sub-frames encoded in the ACELP
mode is shown. At reference numeral 460, a transition from a sub-frame encoded in the
TCX-LPD mode to a sub-frame encoded in the ACELP mode is shown. At reference
numeral 470, a transition from a frame encoded in the frequency-domain mode to a sub-
frame encoded in the TCX-LPD mode is shown. At reference numeral 480, a transition
between a sub-frame encoded in the ACELP mode and a sub-frame encoded in the TCX-
LPD mode is shown. At reference numeral 490, a transition between sub-frames encoded
in the mode is shown.
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Interestingly, the transition from the TCX-LPD mode to the frequency-domain mode,
which is shown at reference numeral 430, is somewhat inefficient or even TCX-LPD very
inefficient due to the fact that a part of the information transmitted to the decoder is
discarded. Similarly, transitions between the ACELP mode and the TCX-LPD mode,
which are shown at reference numerals 460 and 480, are implemented inefficiently due to
the fact that a part of the information transmitted to the decoder is discarded.

3.3 Audio Signal Decoder 360 according to Fig. 3b

In the following, the audio signal decoder 360, according to an embodiment of the
invention ‘will be described.

The audio signal 360 comprises a bit multiplexer or bitstream parser 362, which is
configured to receive a bitstream representation 361 of an audio content and to provide, on
the basis thereof, infofmation elements to a different branches of the audio signal decoder
360. |

The audio signal decoder 360 comprises a frequency-domain branch 370 which receives an
encoded scale factor information 372 and an encoded spectral information 374 from the
bitstream multiplexer 362 and to provide, on the basis thereof, a time-domain
representation 376 of a frame encoded in the frequency-domain mode. The audio signal
decoder 360 also comprises a TCX-LPD path 380 which is configured to receive an
encoded spectral representation 382 and encoded linear-prediction-coding filter
coefficients 384 and to provide, on the basis thereof, a time-domain representation 386 of
an audio frame or audio sub-frame encoded in the TCX-LPD mode.

The audio signal decoder 360 comprises an ACELP path 390 which is configured to
receive an encoded ACELP excitation 392 and encoded linear-prediction-coding filter
coefficients 394 and to provide, on the basis thereof, a time-domain representation 396 of
an audio sub-frame encoded in the ACELP mode.

The audio signal decoder 360 also comprises a transition windowing 398, which is
configured to apply an appropriate transition windowing to the time-domain
representations 376, 386, 396 of the frames and sub-frames encoded in the different modes,
to derive a contiguous audio signal.
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It should be noted here that the frequency-domain bfanch 370 may be identical in its
general structure and functionality to the frequency-domain branch 320, even though there
may be different or additional aliasing-cancellation mechanisms in the frequency-domain
branch 370. Moreover, the ACELP branch 390 may be identical to the ACELP branch 340
in its general structure and functionality, such that the above description also applies.

However, the TCX-LPD branch 380 differs from the TCX-LPD branch 330 in that the
noise-shaping is performed before the inverse-modified-discrete-cosine-transform in the
TCX-LPD branch 380. Also, the TCX-LPD branch 380 comprises additional aliasing
cancellation functionalities.

The TCX-LPD branch 380 comprises an arithmetic decoder 380a which is configured to
receive an encoded spectral representation 382 and to provide, on the basis thereof, a
decoded spectral representation 380b. The TCX-LPD branch 380 also comprises an inverse
quantizer 380c configured to receive the decoded spectral representation 380b and to
provide, on the basis thereof, an inversely quantized spectral representation 380d. The
TCX-LPD branch 380 also comprises a scaling and/or frequency-domain noise-shaping
380e which is configured to receive the inversely quantized spectral representation 380d
and a spectral shaping. information 380f and to provide, on the basis thereof, a spectrally
shaped spectral representation 380g to an inverse modified-discrete-cosine-transform 380h,
which provides the time-domain representation 386 on the basis of the spectrally shaped
spectral representation 380g. The TCX-LPD branch 380 also comprises a linear-
prediction-coefficient-to-frequency-domain transformer 380i which is configured to
provide the spectral scaling information 380f on the basis of the linear-prediction-coding
filter coefficients 384. ‘

Regarding the functionality of the audio signal decoder 360 it can be said that the
frequency-domain branch 370 and the TCX-LPD branch 380 are very similar in that each
of them comprises a processing chain having an arithmetic decoding, an inverse
quantization, a spectrum scaling and an inverse modified-discrete-cosine-transform in the
same processing order. Accordingly, the output signals 376, 386 of the frequency-domain
branch 370 and of the TCX-LPD branch 380 are very similar in that they may both be

.unfiltered (with the exception of a transition windowing) output signals of the inverse

modified-discrete-cosine-transforms. Accordingly, the time-domain signals 376, 386 are
very well-suited for an overlap-and-add operation, wherein a time-domain aliasing-
cancellation is achieved by the overlap-and-add operation. Thus, transitions between an
audio frame encoded in the frequency-domain mode and an audio frame or audio sub-
frame encoded in the TCX-LPD mode can be efficiently performed by a simple overlap-
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and-add operation without requiring any additional aliasing-cancellation information and
without discarding any information. Thus, a minimum amount of side information is
sufficient.

Moreover, it should be noted that the scaling of the inversely quantized spectral
representation, which is performed in the frequency-domain path 370 in dependence on a
scale factor information, effectively brings along a noise-shaping of the quantization noise
introduced by the encoder-sided quantization and the decoder-sided inverse quantization
320c¢, which noise-shaping is well-adapted to general audio signals such as, for example,
music signals. In contrast, the scaling and/or frequency-domain noise-shaping 380e, which
is performed in dependence on the linear-prediction-coding filter coefficients, effectively
brings along a noise-shaping of a quantization noise caused by an encoder-sided
quantization and the decoder-sided inverse quantization 380c, which is well-adapted to
speech-like audio signals. Accordingly, the functionality of the frequency-domain branch
370 and of the TCX-LPD branch 380 merely differs in that different noise-shaping is
applied in the frequency-domain, such that a coding efficiency (or audio quality) is
particularly good for general audio signals when using the frequency-domain branch 370,
and such that a coding efficiency or audio quality is particularly high for speech-like audio

signals when using the TCX-LPD branch 380.
It should be noted that the TCX-LPD branch 380 preferably comprises additional aliasing-
cancellation mechanisms for transitions between audio frames or audio -sub-frames

encoded in the TCX-LPD mode and in the ACELP mode. Details will be described below.

3.4 Transition Windowing according to Fig, 5

Fig. 5 shows a graphic representation of an example of an envisioned windowing scheme,
which may be applied in the audio signal decoder 360 or in any other audio signal encoders
and decoders according to the present invention. Fig. 5 represents a windowing.at possible
transitions between frames or sub-frames encoded in different of the nodes. Abscissas 502a
to 5021 describe 2 time in terms of audio samples and ordinates 504a to 5041 describe
windows or sub-frames for providing a time-domain representation of an audio content.

A graphical representation at reference numeral 510 shows a transition between subsequent
frames encoded in the frequency-domain mode. As can be seen, a time-domain samples
provided for a first right half of a frame (for example, by an inverse modified discrete
cosine transform (MDCT) 320g) are windowed by a right half 512 of a window, which
may, for example, be of window type “AAC Long ” or of window type “AAC Stop ”.
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Similarly, the time-domain samples provided for a left haif of a subsequent second frame
(for example, by the MDCT 320g) may be windowed using a left half 514 of a window,
which may, for example, be of window type “AAC Long ” or “AAC Start ”. The right half
512 may, for example, comprise a comparatively long right sided transition slope and the
left half 514 of the subsequent window may comprise a comparatively long left sided
transition slope. A windowed version of the time-domain representation of the first audio
frame (windowed using the right window half 512) and a windowed version of the time-
domain representation of the subsequent second audio frame (windowed using the left
window half 514) may be overlapped and added. Accordingly, aliasing, which arises from
the MDCT, may be efficiently cancelled.

A graphical representation at reference numeral 520 shows a transition from a sub-frame
encoded in the ACELP mode to a frame encoded in the frequency-domain mode. A
forward-aliasing-cancellation may be applied to reduce aliasing artifacts at such a
transition.’

A graphical representation at reference numeral 530 shows a transition from a sub-frame
encoded in the TCX-LPD mode to a frame encoded in the frequency-domain mode. As can
be seen , a window 532 is applied to the time-domain samples provided by the inverse
MDCT 380h of the TCX-LPD path, which window 532 may, for example, be of window
type “TCX256 >, “TCXS512 ”, or “TCX1024 ”. The window 532 may comprise a right-
sided transition slope 533 of length 128 time-domain samples. A window 534 is applied to
time~-domain samples provided by the MDCT of the frequency-domain path 370 for the
subsequent audio frame encoded in the frequency-domain mode. The window 534 may, for
example, be of window type “Stop Start » or “AAC Stop ”, and may comprise a left-sided
transition slope 535 having a length of, for example, 128 time-domain samples. The time-
domain sémples of the TCX-LPD mode sub-frame which are windowed by the right-sided
transition slope 533 are overlapped and added with the time-domain samples of the
subsequent audio frame encoded in the frequency-domain mode which are windowed by
the left-sided transition slope 535. The transition slopes 533 and 535 are matched, such that
an aliasing-cancellation is obtained at the transition from the TCX-LPD-mode-encoded
sub-frame and the subsequent frequency-domain-mode-encoded sub-frame. The aliasing-
cancellation is made possible by the execution of the scaling/frequency-domain noise-
shaping 380e before the execution of the inverse MDCT 380h. In other words, the aliasing-
cancellation is caused by the fact that both, the inverse MDCT 320g of the frequency-
domain path 370 and the inverse MDCT 380h of the TCX-LPD path 380 are fed with
spectral coefficients to which the noise-shaping has already been applied (for example, in
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the form of the scaling factor-dependent scaling and the LPC filter coefficient dependent
scaling).

A graphical representation at reference numeral 540 shows a transition from an audio
frame encoded in the frequency-domain mode to a sub-frame encoded in the ACELP
mode. As can be seen, a forward aliasing-cancellation (FAC) is applied in order to reduce,
or even eliminate, aliasing artifacts at said transition.

A graphical representation at reference numeral 550 shows a transition from an audio sub-
frame encoded in the ACELP mode to another audio sub-frame encoded in the ACELP
mode. No specific aliasing-cancellation processing is required here in some embodiments.

A graphical representation at reference numeral 560 shows a transition from a sub-frame
encoded in the TCX-LPD mode (also designated as wLPT mode) to an audio sub-frame
encoded in the ACELP mode. As can be seen, time-domain samples provided by the
MDCT 380h of the TCX-LPD branch 380 are windowed using a window 562, which may,
for example, be of window type “TCX256 », “TCX512 ” or “TCX1024 *. Window 562
comprises a comparatively short right-sided transition slope 563. Time-domain samples
provided for the subsequent audic sub-fraime encoded in the ACELP mode comprise a
partial temporal overlap with audio samples provided for the preceding TCX-LPD-mode-
encoded audio sub-frame which are windowed by the right-sided transition slope 563 of
the window 562. Time-domain audio samples provided for the audio sub-frame encoded in
the ACELP mode are illustrated by a block at reference numeral 564.

- As can be seen, a forward aliasing-cancellation signal 566 is added at the transition from

the audio frame encoded in the TCX-LPD mode to the audio frame encoded in the ACELP
mode in order to reduce or even eliminate aliasing artifacts, Details regarding the provision
of the aliasing-cancellation signal 566 will be described below.

A graphical representation at reference numeral 570 shows a transition from a frame
encoded in the frequency-domain mode to a subsequent frame encoded in the TCX-LPD
mode. Time-domain samples provided by the inverse MDCT 320g of the frequency-
domain branch 370 may be windowed by a window 572 having a comparatively short
right-sided transition slope 573, for example, by a window of type “Stop Start ” or a
window of type “AAC Start ”, A time-domain representation provided by the inverse
MDCT 380h of the TCX-LPD branch 380 for the subsequent audio sub-frame encoded in
the TCX-LPD mode may be windowed by a window 574 comprising a comparatively short
left-sided transition slope 575, which window 574 may, for example, be of window type
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“TCX256 7, TCX512 ™, or “TCX1024 ”. Time-domain samples windowed by the right-
sided transition slope 573 and time-domain samples windowed by the left-sided transition
slope 575 are overlapped and added by the transition windowing 398, such that aliasing
artifacts are reduced, or even eliminated. Accordingly, no additional side information is
required for performing a transition from an audio frame encoded in the frequency-domain
mode to an audio sub-frame encoded in the TCX-LPD mode.

A graphical representation at reference numeral 580 shows a transition from an audio
frame encoded in the ACELP mode to an audio frame encoded in the TCX-LPD mode
(also designated as wLPT mode). A temporal region for which time-domain samples are
provided by the ACELP branch is designated with 582. A window 584 is applied to time-
domain samples provided by the inverse MDCT 380h of the TCX-LPD branch 380.
Window 584, which may be of type “TCX256 7, TCX512 7, or “TCX1024 ”, may
comprise a comparatively short left-sided transition slope 585. The left-sided transition
slope 585 of the window 584 partially overlaps with the time-domain samples provided by
the ACELP branch, which are represented by the block 582. In addition, an aliasing-
cancellation signal 586 is provided to reduce, or even eiiminate,‘aliasing artifacts which
occur at the transition from the audio sub-frame encoded in the ACELP mode to the audio
sub-frame encoded in the TCX-LPD mode. Details regarding the provision of the aliasing-
cancellation signal 586 will be discussed below. ‘

A schematic representation at reference numeral 590 shows a transition from an audio sub-
frame encoded in the TCX-LPD mode to another audio sub-frame encoded in the TCX-
LPD mode. Time-domain samples of a first audio sub-frame encoded in the TCX-LPD
mode are windowed using a window 592, which may, for example, be of type “TCX256 7,
TCXS12 7, or “TCX1024 ”, and which may comprise a comparatively short right-sided
transition slope 593. Time-domain audio samples of a second audio sub-frame encoded in
the TCX-LPD mode, which are provided by the inverse MDCT 380h of the TCX-LPD
branch 380 are windowed, for example, using a window 594 which may be of the window
type “TCX256 ”, TCX512 7, or “TCX1024 ” and which may comprise a comparatively
short left-sided transition slope 595. Time-domain samples windowed using the right-sided
transitional slope 593.and time-domain samples windowed using the left-sided transition
slope 595 are overlapped and added by the transitional windowing 398. Accordingly,
aliasing, which is caused by the (inverse) MDCT 380h is reduced, or even eliminated.

4, Overview over all Window Types
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In the following, an overview of all window types will be provided. For this purpose,
reference is made to Fig. 6, which shows a graphical representation of the different
window types and their characteristics. In the table of Fig. 6, a column 610 describes a lefi-
sided overlap length, which may be equal to a length of a left-sided transition slope. The
column 612 describes a transform length, i.e. a number of spectral coefficients used to
generate the time-domain representation which is windowed by the respective window.
The column 614 describes a right-sided overlap length, which may be equal to a length of a
right-sided transition slope. A column 616 describes a name of the window type. The
column 618 shows a graphical representation of the respective window.

A first row 630 shows the characteristics of a window of type “AAC Short ”. A second row
632 shows the characteristics of a window of type “TCX256 . A third row 634 shows the
characteristics of a window of type “TCX51 2", A fourth row 636 shows the characteristics
of windows of types “TCX1024 ™ and “Stop Start ”. A fifth row 638 shows the
characteristics of a window of type “AAC Long ”. A sixth row 640 shows the
characteristics of a window of type “AAC Start ”, and a seventh row 642 shows the
characteristics of a window of type “AAC Stop ™. '

Notably, the transition slopes of the windows of types “TCX256 », TCX512 », and
“TCX1024 ” are adapted to the right-sided transition slope of the window of type “AAC
Start ” and to the left-sided transition slope of the window of type “AAC Stop ”, in order to
allow for a time-domain aliasing-cancellation by overlapping and adding time-domain
representations windowed using different types of windows. In a preferred embodiment,
the left-sided window slopes (transition slopes) of all of the window types having identical
left-sided overlap lengths may be identical, and the right-sided transition slopes of all
window types having. identical right-sided overlap lengths may be identical. Also, left-
sided transition slopes and right-sided transition slopes having an identical overlap lengths
may be adapted to allow for an aliasing-cancellation, fulfilling the conditions for the
MDCT aliasing-cancellation.

5. Allowed Window Sequences

In the following, allowed window sequences will be described, taking reference to Fig. 7,
which shows a table representation of such allowed windowed sequences. As can be seen
from the table of Fig. 7, an audio frame encoded in the frequency-domain mode, the time-
domain samples of which are windowed using a window of type “AAC Stop ”, may be
followed by an audio frame encoded in the frequency-domain mode, the time-domain
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samples of which are windowed using a window of type “AAC Long ” or a window of
type “AAC Start ™.

An audio frame encoded in the frequency-domain mode, the time-domain samples of
which are windowed using a window of type “AAC Long ” may be followed by an audio
frame encoded in the frequency-domain mode, the time-domain samples of which are
windowed using a window of type “AAC Long ” or “AAC Start ™.

Audio frames encoded in the linear prediction mode, the time-domain samples of which
are windowed using a window of type “AAC Start », using eight windows of type “AAC
Short ” or using a window of type “AAC StopStart ”, may be followed by an audio frame
encoded in the frequency-domain mode, the time-domain samples of ‘which are windowed
using eight windows of type “AAC Short ”; using a window of type “AAC Short ” or using
a window-of type “AAC StopStart ”, Alternatively, audio frames encoded in the frequency-
domain mode, the time-domain samples of which are windowed using a window of type
“AAC Start ", using eight windows of type “AAC Short ” or using a window of type
“AAC StopStart ” may be followed by an audio frame or sub-frafne encoded in the TCX-
LPD mode (also designated as LPD-TCX) or by an audio frame or audio sub-frame
encoded in the ACELP mode {also designated as LPD ACELP).

An audio frame or audio sub-frame encoded in the TCX-LPD mode may be followed by
audio frames encoded in the frequency-domain mode, the time-domain samples of which
are windowed using eight “AAC Short ” windows, and using “AAC Stop ” window or
using an “AAC StopStart ” window, or by an audio frame or audio sub-frame encoded in
the TCX-LPD mode or by an audio frame or audio sub-frame encoded in the ACELP
mode,

An audio frame encoded in the ACELP mode may be followed by audio frames encoded in
the frequency-domain mode, the time-domain samples of which are windowed using eight
“AAC Short ” windows, using an “AAC Stop ” window, using an “AAC StopStart ”
window, by an audio frame encoded in the TCX-LPD mode or by an audio frame encoded
in the ACELP mode.

For transitions from an audio frame encoded in the ACELP mode towards an audio frame
encoded in the frequency-domain mode or towards an audio frame encoded in the TCX-
LPD mode, a so-called forward-aliasing-cancellation (FAC) is performed. Accordingly, an
aliasing-cancellation synthesis signal is added to the time-domain representation at such a
frame transition, whereby aliasing artifacts are reduced, or even eliminated. Similarly, a
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FAC 1is also performed when switching from a frame or sub-frame encoded in the
frequency-domain mode, or from a frame or sub-frame encoded in the TCX-LPD mode, to
a frame or sub-frame encoded in the ACELP mode.

Details regarding the FAC will be discussed below.

6. Audio Signal Encoder according to Fig. 8

In the following, a multi-mode audio signal encoder 800 will be described taking reference
to Fig. 8.

The audio signal encoder 800 is configured to receive an input representation 810 of an
audio content and to provide, on the basis thereof, a bitstream 812 representing the audio
content. The audio signal encoder 800 is configured to operate in different modes of
operation, namely a frequency-domain mode, a transform-coded-excitation-linear-
prediction-domain mode and an algebraic-code-excited-linear-prediction-domain mode.
The audio signal encoder 800 comprises and encoding controller 814 which is configured
to select one of the modes for encoding a portion of the audio content in dependence on
characteristics of the input representation 810 of the audio content and/or in dépendence on
an achievable encoding efficiency or quality. ‘

The audio signal encoder 800 comprises a frequency-domain branch 820 which is
configured to provide encoded spectral coefficients 822, encoded scale factors 824, and
optionally, encoded aliasing-cancellation coefficients 826, on the basis of the input
representation 810 of the audio content. The audio signal encoder 800 also comprises a
TCX-LPD branch 850 configured to provide encoded spectral coefficients 852, encoded
linear-prediction-domain parameters 854 and encoded aliasing-cancellation coefficients
856, in dependence on the input representation 810 of the audio content. The audio signal
decoder 800 also comprises an ACELP branch 880 which is configured to provide an
encoded ACELP excitation 882 and encoded linear-prediction-domain parameters 884 in
dependence on the input representation 810 of the audio content.

The frequency-domain branch 820 comprises a time-domain-to-frequency-domain
conversion 830 which is configured to receive the input representation 810 of the audio
content, or a pre-processed version theréof, and to provide, on the basis thereof, a
frequency-domain representation 832 of the audio content. The frequency-domain branch
820 also comprises a psychoacoustic analysis 834, which is configured to evaluate
frequency masking effects and/or temporal masking effects of the audio content, and to-
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provide, on the basis thereof, a scale factor information 836 describing scale factors. The
frequency-domain branch 820 also comprises a spectral processor 838 configured to
receive the frequency-domain representation 832 of the audio content and the scale factor
information 836 and to apply a frequency-dependent and time-dependent scaling to the
spectral coefficients of the frequency-domain representation 832 in dependence on the
scale factor information 836, to obtain a scaled frequency-domain representation 840 of the
audio content. The frequency-domain branch also comprises a quantization/encoding 842
configured to receive the scaled frequency-domain representation 840 and to perform a
guantization and an encoding in order to ‘obtain the encoded spectral coefficients 822 on
the basis of the scaled frequency-domain representation 840. The frequency-domain
branch also comprises a quantization/encoding 844 configured to receive the scale factor
information 836 and to provide, on the basis thereof, an encoded scale factor information
824. Optionally, the frequency-domain branch 820 also comprises an aliasing-cancellation
coefficient calculation 846 which may be configured to provide the aliasing-cancellation
coefficients 826.

The TCX-LPD branch 850 comprises a time-domain-to-frequency-domain conversion 860,
which may be configured to receive the input representation 810 of the audio content, and
to provide on the basis thereof, a frequency-domain representation 861 of the audio
content. The TCX-LPD branch 850 also comprises a linear-prediction-domain-parameter
calculation 862 which. is configured to receive the input representation 810 of the audio
content, or a pre-processed version thereof, and to derive one or more linear-prediction-
domain parameters (for example, linear-prediction-coding-filter-coefficients) 863 from the
input representation 8§10 of the audio content. The TCX-LPD branch 850 also comprises a
linear-prediction-domain-to-spectral domain conversion 864, which is configured to
receive the linear-prediction-domain parameters (for example, the linear-prediction-coding
filter coefficients) and to provide a spectral-domain representation or frequency-domain
representation 865 on the basis thereof. The spectral-domain representation or frequency-
domain representation of the linear-prediction-domain parameters may, for example,
represent a filter response of a filter defined by the linear-prediction-domain parameters in
a frequency-domain or spectral-domain. The TCX-LPD branch 850 also comprises a
spectral processor 866, which is configured to receive the frequency-domain representation
861, or a pre-processed version 8617 thereof, and the frequency-domain representation or
spectral domain representation of the linear-prediction-domain parameters 863. The
spectral processor 866 is configured to perform a spectral shaping of the frequency-domain
representation 861, or of the pre-processed version 861° thereof, wherein the frequency-
domain representation or spectral domain, representation 865 of the linear-prediction-
domain parameters 863 serves to adjust the scaling of the different spectral coefficients of
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the frequency-domain representation 861 or of the pre-processed version 861° thereof.
Accordingly, the spectral processor 866 provides a spectrally shaped version 867 of the
frequency-domain representation 861 or of the pre-processed version 861° thereof, in
dependence on the linear—prediction—domaih parameters 863. The TCX-LPD branch 850
also comprises a quantization/encoding 868 which is configured to receive the spectrally
shaped frequency-domain representation 867 and to provide, on the basis thereof, encoded
spectral coefficients 852, The TCX-LPD branch 850 also comprises another
quantization/encoding 869, which is configured to receive the linear-prediction-domain
parameters 863 and to provide, on the basis thereof, the encoded linear-prediction-domain
parameters 854.

The TCX-LPD branch 850 further comprises an aliasing-cancellation coefficient provision
which is configured to provide the encoded aliasing-cancellation coefficients 856. The
aliasing cancellation coefficient provision comprises an error computation 870 which is
conﬁgured to compute an aliasing error information 871 in dependence on the encoded
spectral coefficients, as well as in dependence on the input representation 810 of the audio
content. The error computation 870 may optionally take into consideration an information
872 regarding additional aliasing-cancellation components, which can be provided by other
mechanisms. The aliasing-cancellation coéfficient provision also comprises an analysis
filter computation 873 which is configured to provide an information 873a describing an
error filtering in dependence on the linear-prediction-domain parameters 863. The aliasing-
cancellation coefficient provision also comprises an error analysis filtering 874, which is
configured to receive the aliasing error information 871 and the analysis filter
configuration information 873a, and to apply an error analysis filtering, which is adjusted
in dependence on the analysis filtering information 873a, to the aliasing error information
871, to obtain a filtered aliasing error information 874a. The aliasing-cancellation
coefficient provision also comprises a time»domain-to-frequency-domain conversion 875,
which may take the functionality of a discrete cosine transform of type IV, and which is
configured to receive the filtered aliasing error information 874a and to provide, on the
basis thereof, a frequency-domain representation 875a of the filtered aliasing error
information 874a. The aliasing-cancellation coefficient provision also comprises a
quantization/encoding 876 which is configured to receive the frequency-domain
representation 875a and, to provide on the basis thereof, encoded aliasing-cancellation
coefficients 856, such that the encoded aliasing-cancellation coefficients 856 encode the
frequency-domain representation 875a.

The aliasing-cancellation coefficient provision also comprises an optional computation 877
of an ACELP contribution to an aliasing-cancellation. The computation 877 ‘may be
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configured to compute or estimate a contribution to an aliasing-cancellation which can be
derived from an audio sub-frame encoded in the ACELP mode which precedes an audio
frame encoded in the TCX-LPD mode. The computation of the ACELP contribution to the
aliasing-cancellation may comprise a computation of a post-ACELP synthesis, a
windowing of the post-ACELP synthesis and a folding of the windowed post-ACELP
synthesis, to obtain the information 872 regarding the additional aliasing-cancellation
components, which may be derived from- a preceding audio sub-frame encoded in the
ACELP mode. In addition, or altematively, the computation 877 may éomprise a
computation of a zero-input response of a filter initialized by a decoding of a preceding
audio sub-frame encoded in the ACELP mode and a windowing of said zero-input
response, to obtain the information 872 about the additional aliasing-cancellation
components. V ‘

In the following, the ACELP branch 880 will briefly be discussed. The ACELP branch 880
comprises a linear-prediction-domain parameter calculation 890 which is configured to
compute linear-prediction-domain parameters 890a on the basis of the input representation
810 of the audio content. The ACELP branch 880 also comprises an ACELP excitation
computation 892 configured to compute an ACELP excitation information 892 in
dependence on the input representation 810 of the audio content and the linear-prediction-
domain parameters 890a. The ACELP branch 880 also comprises an encoding 894
configured to encode the ACELP excitation information 892, :to obtain the encoded
ACELP excitation 882. In addition, the ACELP branch 880 also comprises a
quantization/encoding 896 configured to receive the linear-prediction-domain parameters
890a and to provide, on the basis thereof, the encoded Hnear—prediétion-domain parameters
884,

The audio signal decoder 800 also comprises a bitstream formatter 898 which is configured
to provide the bitstream 812 on the basis of the encoded spectral coefficients 822, the
encoded scale factor information 824, the aliasing-cancellation coefficients 826, the
encoded spectral coefficients 852, the encoded linear-prediction-domain parameters 852,
the encoded aliasing-cancellation coefﬁcxents 856, the encoded ACELP excnanon 882, and
the encoded ixnear—pred;ctlon-domam parameters 884.

Details regarding the provision of the encoded aliasing-cancellation coefficients 852 will
be described below,

7. Audio Signal Decoder according to Fig. 9



10

15

20

25

30

35

WO 2011/648117 PCT/EP2010/065752
-31-

In the following, an audio signal decoder 900 according to Fig. 9 will be described.

The audio signal decoder 900 according to Fig. 9 is similar to the audio signal decoder 200
according to Fig. 2 and also to the audio signal decoder 360 according to Fig. 3b, such that
the above explanations also hold.

The audio signal decoder 900 comprises a bit multiplexer 902 which is configured to
receive a bitstream and to provide information extracted from the bitstream to the
corresponding processing paths.

The audio signal decoder 900 comprises a frequency-domain branch 910, which is
configured to receive encoded spectral coefficients 912 and an encoded scale factor
information 914. The frequency-domain branch 910 is optionally configured to also
receive encoded aliasing-cancellation coefficients, which allow for a so-called forward-
aliasing-cancellation, for example, at a transition between an audio frame encoded in the
frequency-domain mode and an audio frame encoded in the ACELP mode. The frequency-
domain path 910 provides a time-domain representation 918 of the audio content of the
audio frame encoded in the frequency-domain mode.

The audio signal decoder 900 comprises a TCX-LPD branch 930, which is configured to
receive encoded spectral coefficients 932, encoded linear-prediction-domain parameters
934 and encoded aliésing-canceilation coefficients 936, and to provide, on the basis
thereof, a time-domain representation of an audio frame or a sub-frame encoded in the
TCX-LPD mode. The audio signal decoder 900 also comprises an ACELP branch 980,
which is configured to receive an encoded ACELP excitation 982 and encoded linear-
prediction-domain parameters 984, and to provide, on the basis thereof, a time-domain
representation 986 of an audio frame or audio sub-frame encoded in the ACELP mode.

*7.1 Frequency Domain Path

In the following, details regarding the frequency domain path 910 will be described. It
should be noted that the frequency-domain path is similar to the frequency-domain path
320 of the audio decoder 300, such that reference is made to the above description. The
frequency-domain branch 910 comprises an arithmetic decoding 920, which receives the
encoded spectral coefficients 912 and provides, on the basis thereof, the coded spectral
coefficients 920a, and an inverse quantization 921 which receives the decoded spectral
coefficients 920a, and provides, on the basis thereof, inversely quantized spectral
coefficients 921a. The frequency-domain branch 910 also comprises a scale factor
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decoding 922, which receives the encoded scale factor information and provides, on the
basis thereof, a decoded scale factor information 922a. The frequency-domain branch
comprises a scaling 923 which receives the inversely quantized spectral coefficients 921a
and scales the inversely quantized spectral coefficients in accordance with the scale factors
922a, to obtain scaled spectral coefficients 923a. For example, scale factors 922a may be
provided for a plurality of frequency bands, wherein a plurality of frequency bins of the
spectral coefficients 921a are associated to each frequency-band. Accordingly, frequency
band-wise scaling of the spectral coefficients 921a may be performed. Thus, a number of
scale factors associated with an audio frame is typically smaller than a number of spectral
coefficients 921a associated with the audio frame. The frequency-domain branch 910 also
comprises an inverse MDCT 924, which is configured to receive the scaled spectral
coefficients 923a and to provide, on the basis thereof, a time-domain representation 924a
of the audio content of the current audio frame. The frequency domain branch 910 also,
optionally, comprises' a combining 925, which is configured to combine the time-domain
representation 924a with an aliasing-cancellation synthesis signal 929a, to obtain the time-
domain representation 918. However, in some other embodiments-the combining 925 may
be omitted, such that the time-domain representation 924a is provided as the time-domain
representation 918 of the audio content. ‘

In order to provide the aliasing-cancellation synthesis signal 929a, the frequehcy-domain
path comprises a decoding 926a, which provides decoded aliasing-cancellation coefficients
926b, on the basis of the encoded aliasing-cancellation coefficients 916, and a scaling 926¢
of aliasing-cancellation coefficients, which provides scaled aliasing-cancellation
coefficients 926d on the basis of the decoded aliasing-cancellation coefficients 926b. The
frequency-domain path also comprises an inverse discrete-cosine-transform of type IV
927, which is configured to receive the scaled aliasing-cancellation coefficients 926d, and
to provide, on the basis thereof, an aliasing-cancellation stimulus signal 927a, which is
input into a synthesis filtering 927b. The synthesis filtering 927b is configured to perform a
synthesis filtering operation on the basis of the aliasing-cancellation stimulus signal 927a
and in dependence on synthesis filtering coefficients 927¢, which are provided by a
synthesis filter computation 927d, to obtain, as a result of the synthesis filtering, the
aliasing-cancellation signal 929a. The synthesis filter computation 927d provides the
synthesis filter coefficients 927¢ in dependence on the linear-prediction-domain
parameters, which may be derived, for example, from linear-prediction-domain parameters
provided in the bitstream for a frame encoded in the TCX-LPD mode, or for a frame
provided in the ACELP mode (or may be equal to such l.inear~prediction~domain
parameters).
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Accordingly, the synthesis filtering 927b is capable of providing the aliasing-cancellation
synthesis signal 929a, which may be equivalent to the aliasing-cancellation synthesis signal
522 shown in Fig. 5, or to the aliasing-cancellation synthesis signal 542 shown in Fig. 5.

7.2 TCX-LPD Path

In the following, the TCX-LPD path of the audio signal decoder 900 will briefly be
discussed. Further details will be provided below.

The TCX-LPD path 930 comprises a main signal synthesis 940 which is configured to
provide a time-domain representation 940a of the audio content of an audioc frame or audio
sub-frame on the basis of the encoded spectral coefficients 932 and the encoded linear-
prediction-domain parameters 934, The TCX-LPD branch 930 also comprises an aliasing-
cancellation processing which will be described below.,

The main signal synthesis 940 comprises an arithmetic decoding 941 of spectral
coefficients, wherein the decoded spectral coefficients 941a are obtained on the basis of the
encoded spectral coefficients 932. The main signal synthesis 940 also comprises an inverse
quantization 942, which is configured to provide inversely quantized spectral coefficients
942a on the basis of the decoded spectral coefficients 941a. An optional noise filling 943
may be applied to the inversely quantized spectral coefficients 942a to obtain noise-filled
spectral coefficients. The inversely quantized and noise-filled spectral coefficient 943a
may also be designated with rfi]. The inversely quantized and noise-filled spectral
coefficients 943a, r[i] may be processed by.a spectrum de-shaping. 944, to obtain spectrum
de-shaped spectral coefficients 944a, which are also sometimes designated with r[i]. A
scaling 945 may be configured as a frequency-domain noise shaping 945. In the frequency-
domain noise-shaping 945, a spectrally shaped set of spectral coefficients 945a are
obtained, which are also designated with rrfi]. In the frequency-domain noise-shaping 945,
contributions of the spectrally de-shaped spectral coefficients 944a onto the spectrally
shaped spectral coefficients 945a are determined by frequency-domain noise-shaping
parameters 945b, which are provided by a frequency-domain noise-shaping parameter
provision which will be discussed in the following. By means of the frequency-domain
noise-shaping 945, spectral coefficients of the spectrally de-shaped set of spectral
coefficients 944a are given a comparatively large weight, if a frequency-domain response
of a linear-prediction filter described by the linear-prediction-domain parameters 934 takes
a comparatively small value for the frequency associated with the respective spectral
coefficient (out of the set 944a of spectral coefficients) under consideration. In contrast, a
spectral coefficient out of the set 944a of spectral coefficient is given a comparatively
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larger weight when obtaining the corresponding spectral coefficients of the set 945a of
spectrally shaped spectral coefficients, if the frequency-domain response of a linear-
prediction filter described by the linear-prediction-domain parameters 934 takes a
comparatively small value for the frequency associated with the spectral coefficient (out of
the set 944a) under consideration. Accordingly, a spectral shaping, which is defined by the
linear-prediction-domain parameters 934, is applied in the frequency-domain when
deriving the spectrally-shaped spectral coefficient 945a from the spectrally de-shaped
spectral coefficient 944a. '

The main signal synthesis 940 also comprises an inverse MDCT 946, which is configured
to receive the spectrally-shaped spectral coefficients 945a, and to provide, on the basis
thereof, a time-domain representation 946a. A gain scaling 947 is applied to the time-
domain representation 946a, to derive the time-domain representation 940a of the audio
content from the time-domain signal 946a. A gain factor g is applied in the gain scaling
947, which is preferably a frequency-independent (non-frequency selective) operation.

The main signal synthesis also comprises a processing of the frequency-domain noise-
shaping parameters 945b, which will be described in the following. For the purpose of
providing the frequency-domain noise-shaping parameters 945b, the main signal synthesis
940 comprises a decoding 950, which provides decoded linear-prediction-domain
parameters 950a on the basis of the encoded linear-prediction-domain parameters 934, The
decoded linear-prediction-domain parameters may, for example, take the form of a first set
LPC!1 of decoded linear-prediction-domain parameters and a second set LPC2 of linear-
prediction-domain parameters. The first set LPCI of the linear-prediction-domain
parameters may, for example, be associated with a left-sided transition of a frame or sub-
frame encoded in the TCX-LPD mode, and the second set LPC2 of linear-prediction-
domain parameters may be associated with a right-sided transition of the TCX-LPD
encoded audio frame or audio sub-frame. The decoded iihearvprediction-domain
parameters are fed into a spectrum computation 951, which provides a frequency-domain
representation of an impulse response defined by the linear-prediction-domain .parameters
950a. For example, separate sets of frequency-domain coefficients Xo[k] may be provided
for the first set LPCI and for the second set LPC2 of decoded linear-prediction-domain
parameters 950,

A gain computation 952 maps the spectral values Xo[k] onto gain values, wherein a first set
of ~gain values gi{k] is associated with the first set LPC1 of spectral coefficients and
wherein a second set of gain values g»[k] is associated with the second set LPC2 of speciral
coefficients. For example, the gain values may be inversely proportional to a magnitude of
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the corresponding spectral coefficients. A filter parameter computation 953 may receive
the gain values 952a and provide, on the basis thereof, filter parameters 945b for the
frequency-domain shaping 945. For example, filter parameters afi] and b{i] may be
provided. The filter parameters 945d determine the contribution of spectrally de-shaped
spectral coefficients 944a onto the spectrally-scaled spectral coefficients 945a. Details
regarding a possible computation of the filter parameters will be provided below.

The TCX-LPD branch 930 comprises a forward-aliasing-cancellation synthesis signal
computation, which comprises two branches. A first branch of the (forward) aliasing-
cancellation synthesis signal generation comprises a decoding 960, which is configured to
receive encoded aliasing-cancellation coefficients 936, and to provide on the basis thereof,
decoded aliasing-cancellation coefficients 960a, which are scaled by a scaling 961 in
dependence on a gain value g to obtain a scaled aliasing-cancellation coefficients 961a.
The same gain value g may be used for the scaling 961 of the aliasing-cancellation
coefficients 960a and for the gain scaling 947 of the time-domain signal 946a provided by
the inverse MDCT 946 in some embodiments. The aliasing-cancellation synthesis signal
generation also comprises a spectrum de-shaping 962, which may be configured to apply a
spectrum de-shaping to the scaled aliasing-cancellation coefficients 961a, to obtain gain
scaled and spectrum de-shaped aliasing-cancellation coefficients 962a. The spectrum de-
shaping 962 may be performed in a similar manner to the spectrum de-shaping 944, which
shall be described in more detail below. The gain-scaled and spectrum de-shaped aliasing-
cancellation coefficients 962a are input into an inverse discrete-cosine-transform of type
IV, which is designated with reference numeral 963, and which provides an aliasing-
cancellation stimulus signal 963a as a result of the inverse-discrete-cosine-transform which
is performed on the basis of the gain-scaled spectrally de-shaped aliasing-cancellation
coefficients 962a. A synthesis filtering 964 receives the aliasing-cancellation stimulus
signal 963a and provides a first forward aliasing-cancellation synthesis signal 964a by
synthesis filtering the aliasing-cancellation stimulus signal 963a using a synthesis filter
configured in dependence on synthesis filter coefficients 965a, which are provided by the
synthesis filter computation 965 in dependence on the linear-prediction-domain parameters
LPC1, LPC2. Details regarding the synthesis filtering 964 and the computation of the
synthesis filter coefficients 965a will be described below.

The first aliasing-cancellation synthesis signal 964a is consequently based on the aliasing-
cancellation coefficients 936 as well as on the linear-prediction-domain-parameters. A
good consistency between the aliasing-cancellation synthesis signal 964a and the time-
domain répresentation 940a of the audio content is reached by applying the same scaling
factor g both in the provision of the time-domain representation 940a of the audio content
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and in the provision of the aliasing-cancellation synthesis signal 964, and by applying
similar, or even identical, spectrum de-shaping 944, 962 in the provision of the time-
domain representation 940a of the audio content and in the provision of the aliasing-
cancellation synthesis signal 964,

The TCX-LPD branch 930 further comprises a provision of additional aliasing-cancellation
synthesis signals 973a, 976a in dependence on a preceding ACELP frame or sub-frame.
This computation 970 of an ACELP contribution to the aliasing-cancellation is configured
to receive ACELP information such as, for example a time-domain representation 986
provided by the ACELP branch 980 and/or a content of an ACELP synthesis filter. The
computation 970 of the ACELP contribution to aliasing-cancellation comprises a
computation 971 of a post-ACELP synthesis 971a, a windowing 972 of the post-ACELP
synthesis 971a and a folding 973 of the post-ACELP synthesis 972a. Accordingly, a
windowed and folded post-ACELP synthesis 973a is obtained by the folding of the
windowed post-ACELP synthesis 972a. In addition, the computation 970 of an ACELP
contribution to the aliasing cancellation also comprises a computation 975 of a zero-input
response, which may be computed for a synthesis filter used for synthesizing a time-
domain representation of a previous ACELP sub-frame, wherein the initial state of said
synthesis filter may be equal to the state of the ACELP synthesis filter at thé end of the
previous ACELP sub-frame. Accordingly, a zero-input response 9752 is obtained, to which
a windowing 976 is applied in order to obtain a windowed zero-input response 976a.
Further details regarding the provision of the windowed zero-input response 976a will be
described below.

Finally, a combining 978 is performed to combine the time-domain representation 940a of
the audio content, the first forward-aliasing-cancellation synthesis signal 964a, the second
forward-aliasing-cancellation synthesis signal 973a and the third forward-aliasing-
cancellation synthesis signal 976a. Accordingly, the time-domain representation 938 of the
audio frame or audio sub-frame encoded in the TCX-LPD mode is provided as a result of
the combining 978, as'will be described in more detail below.

7.3 ACELP Pdth

In the following, the ACELP branch 980 of the audio signal decoder 900 will briefly be
described. The ACELP branch 980 comprises a decoding 988 of the encoded ACELP
excitation 982, to obtain a decoded ACELP excitation 988a. Subsequently, an excitation
signal computation and post-processing 989 of the excitation are performed to obtain a
post-processed excitation signal 989a. The ACELP branch 980 comprises a decoding 990
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of linear-prediction-domain parameters 984, to obtain decoded linear-prediction-domain
parameters 990a. The post-processed excitation signal 989a ig filtered, and the synthesis
filtering 991 performed, in dependence on the linear-prediction-domain parameters 990a to
obtain a synthesized ACELP signal 991a. The synthesized ACELP signal 991a is then
processed using a post-processing 992 to obtain the time-domain representation 986 of an
audio sub-frame encoded in the ACELP load.

7.4 Combining

Finally, a combining 996 is performed in order to obtain the time-domain representation
918 of an audio frame encoded in the frequency-domain mode, the time-domain
representation 938 of an audio frame encoded in the TCX-LPD mode, and the time-domain
representation 986 of an audio frame encoded in the ACELP mode, to obtain a time-
domain representation 998 of the audio content.

Further details will be described in the following.

8. Encoder and Decoder Details

8.1 LPC Filter

8.1.1 Tool Description

In the following, details regarding the encoding and decoding using linear-prediction
coding filter coefficients will be described.

In the ACELP mode, transmitted parameters include LPC filters 984, adaptive and fixed-
codebook indices 982, adaptive and ﬁxed~qodebook gains 982.

In the TCX mode, transmitted parameters include LPC filters 934, energy parameters, and
quantization indices 932 of MDCT coefficients. This section describes the decoding of the

LPC filters, for example of the LPC filter coefficients a to ajg, 950a, 990a.

8.1.2 Definitions

In the following, some definitions will be given.
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The parameter “nb_lpc ™ describes an overall number of LPC parameters sets which are
decoded in the bit stream.

The bitstream parameter “mode_Ipc ” describes a coding mode of the subsequent LPC
parameters set.

The bitstream parameter “Ipc{k]}[x] ” describes an LPC parameter number x of set k.

The bitstream parameter “qn k ” describes a binary code associated with the corresponding
codebook numbers ny.

8.1.3 Number of LPC Filters

The actual number of LPC filters “nb_lpc ™ which are encoded within the bitstream
depends on the ACELP/TCX mode combination of the superframe, wherein a super frame
may be identical to a frame comprising a plurality of sub-frames. The ACELP/TCX mode
combination is extracted from the field “Ipd_mode » which in turn determines the coding
modes, “mod[k] ” for k=0 to 3, for each of the 4 frames (also designated as sub-frames)
composing the superframe. The mode value is O for ACELP, 1 for short TCX (256
samples), 2 for medium size TCX (512 samples), 3 for long TCX (1024 samples). It should
be noted here that the bitstream parameter “lpd;mode ” which may be considered as a bit-
field “mode ” defines the coding modes for each of the four frames within the one
superframe of the linear-prediction-domain channel stream (which corresponds to one
frequency-domain mode audio frame such as, for example, an advanced-audio-coding
frame or an AAC frame). The coding modes are stored in an array “mod[] ” and take
values from 0 to 3. The mapping from the bitstream parameter “LPD_mode ” to the array
“mod[] ” can be determined from table 7.

Regarding the array “mod[0...3] ” it can be said that the array “mod[] ™ indicates the
respective coding modes in each frame. For details reference is made to table 8, which
describes the coding modes indicated by the array “mod{].

In addition to the I to 4 LPC filters of the superframe, an optional LPC filter LPCQ is
transmitted for the first super-frame of each segment encoded using the LPD core codec.
This is indicated to the LPC decoding procedure by a flag “first_Ipd_flag ” set to 1.
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The order in which the LPC filters are normally found in the bitstream is: LPC4, the
optional LPCO, LPC2, LPCI, and LPC3. The condition for the presence of a given LPC
filter within the bitstream 1s summarized in Table 1.

The bitstream is parsed to extract the quantization indices corresponding to each of the
LPC filters required by the ACELP/TCX mode combination. The following describes the

operations needed to decode one of the LPC filters.

3.1.4 General Principle of the Inverse Quantizer

Inverse quantization of an LPC filter, which may be performed in the decoding 950 or in
the decoding 990, is performed as described in Fig. 13. The LPC filters are quantized using
the line-spectral-frequency (LSF) representation. A first-stage approximation is first
computed as described in section 8.1.6. An optional algebraic vector quantized (AVQ)
refinement 1330 is then calculated as described in section 8.1.7. The quantized LSF vector
is reconstructed by adding 1350 the first-stage approximation and the inverse-weighted
AVQ contribution 1342. The presence of an AVQ refinement depends on the actual
quantization mode of the LPC filter, as explained in section8.1.5. The inverse-quantized

LSF vector is later on converted inte a vector of LSP (line spectral pair) parameters, then

pat

interpolated and converted again into LPC parameters.

8.1.5 Decoding of the LPC guantization mode

In the following, the decoding of the LPC quantization mode will be described, which may
be part of the decoding 950 of or the decoding 990.

LPC4 is always quantized using an absolute quantization approach. The other LPC filters
can be quantized using either an absolute quantization approach, or one of several relative
quantization approaches. For these LPC filters, the first information extracted from the
bitstream is the quantization mode. This information is denoted “mode _Ipe ” and is
signaled in the bitstream using a variable-length binary code as indicated in the last column
of Table 2.

8.1.6 First-stage approximation

For each LPC filter, the quantization mode determines how the first-stage approximation
of Fig. 13 is computed. .
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For the absolute quantization mode (mede_lpe=0), an 8-bit index corresponding to a
stochastic VQ-quantized first stage approximation is extracted from the bitstream. The
first-stage approximation 1320 is then computed by a simple table jook-up.

For relative quantization modes, the first-stage approximation is computed using already
inverse-quantized LPC filters, as indicated in the second column of Table 2. For example,
for LPCO there is only one relative quantization mode for which the inverse-quantized
LPC4 filter constitutes the first-stage approximation. For LPCI, there are two possible
relative quantization modes, one where the inverse-quantized LPC2 constitutes the first-
stage approximation, the other for which the average between the inverse—quantized LPCO
and LPC2 filters constitutes the first-stage approximation. As all other operations related to
LPC quantization, computation of the first-stage approximation is done in the line spectal
frequency (LSF) domain.

8.1.7 AVQ refinement

8.1.7.1 General

The next information extracted from the bitstream is related to the AVQ refinement needed
to build the inverse-quantized LSF vector. The only exception is for LPCI: the bitstream
contains no AVQ refinement when this filter is encoded relatively to (LPCO+LPC2)/2.

The AVQ is based on the 8-dimensional REy lattice vector quantizer used to quantize the
spectrum in TCX modes in AMR-WB+. Decoding the LPC filters involves decoding the
two 8-dimensional sub-vectors B, , k=1 and 2, of the weighted residual LSF vector.

The AVQ information for these two subvectors is extracted from the bitstream. It
comprises two encoded codebook numbers “gnf ” and “gn2 *, and the corresponding
AVQ indices. These parameters are decoded as follows.

8.1.7.2 Decoding of codebook numbers

The first parameters extracted from the bitstream in order to decode the AVQ refinement
are the two codebook numbers n, k=1 and 2, for each of the two subvectors mentioned
above. The way the codebook numbers are encoded depends on the LPC filter (LPCO to
LPC4) and on its quantization mode (absolute or relative). As shown in Table 3, there are
four different ways to encode ny. The details on the codes used for »; are given below.
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ny modes 0 and 3:
The codebook number ny is encoded as a variable length code gnk, as follows:
O, —» the code for » is 00

(s — the code for n; is 01
(4 —» the code for ny is 10
Others: the code for n, 1s 11 followed by:
Os— 0
Qs —> 10
Qo — 110
07— 1110
Og—> 11110

ete.

n, mode 1:
The codebook number 7 is encoded as a unary code gnk, as follows:
Qo — unary code for n; is 0

O, —» unary code for ny is 10
0s — unary code for ny is 110
Qs - unary code for n; is 1110

ete.

n, mode 2:
The codebook number #; is encoded as a variable length code gnk, as follows:
0, — the eode for ny is 00

(3 — the code for my 1s 01
Qs —> the code for ny is 10

Others: the code for r; is 11 followed by:
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QQ“‘-)O
QS""} 10
QG.“’ 110

efc.

8.1.7.3 Decoding of AVQ indices

Decoding the LPC filters involves decoding the algebraic VQ parameters describing each
quantized sub-vector l§k of the weighted residual LSF vectors. Recall that each block By

has dimension 8. For each block fm’k , three sets of binary indices are received by the

decoder:

a) the codebook number n, transmitted using an entropy code “qnk ” as
described above; '

b) the rank /; of a selected lattice point z in a so-called base codebook, which
indicates what permutation has to be applied to a specific leader to obtain a
lattice point z;

¢) and, if the quantized block f?,{ (a lattice point) was not in the base codebook,

the 8 indices of the Voronoi extension index vector k; from the Voronoi
extension indices, an extension vector v can be computed. The number of bits
in each component of index vector k is given by the extension order r, which
can be obtained from the code value of index n:. The scaling factor M of the
Voronoi extension is given by M= 2",

Then, from the scaling factor M, the Voronoi extension vector v (é lattice point in REg) and
the lattice point z in the base codebook {also a lattice point in REy), each quantized scaled
block B, can be computed as:

~

B, =Mz+wv.

When there is no Voronoi extension (i.e. n < 5, M=1 and z=0), the base codebook is either
codebook Oy, Oa, Q5 or Q4 from M, Xie and J.-P. Adoul, “Embedded algebraic vector
quantization (EAVQ) with application to wideband audio coding, “IEEE International
Conference on Acoustics, Speech, and Signai Processing (ICASSP), Atlanta, GA, USA,
vol. 1, pp. 240-243, 1996, No bits are then required to transmit vector k. Otherwise, when
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Voronoi extension is used because B, is large enough, then only O or Q4 from the above

reference is used as a base codebook. The selection of 05 or Q4 is implicit in the codebook
number value n.

8.1.7.4Computation of the LSF weights

At the encoder, the weights applied to the components of the residual LSF vector before

AVQ quantization are:
400

!
wlij=—* , (=015
( ) W 'Jdi'dHE
with:
dy = LSF1st}0]
dyg = SF {2 - LSFst{15]
d; = LSF1stli}~ LSF1st]i -1] i =1..15

where LSF1st is the 1¥ stage LSF approximation and W is a scaling factor which depends
on the quantization mode (Table 4).

The corresponding inverse weighting 1340 is apphed at the decoder to retrieve the
quantized residual LSF vector. '

8.1.7.5 Reconstruction.of the inverse-quantized LSF vector

The inverse-quantized LSF vector is obtained by, first, concatenating the two AVQ
refinement subvectors E1 and f?z decoded as explained in sections 8.1.7.2 and 8.1.7.3 to
form one single weighted residual LSF vector, then, applying to this weighted residual LSF
vector the inverse of the weights computed as explained in section 8.1.7.4 to form the
residual LSF vector, and then again, adding this residual LSF vector to the first-stage
approximation computed as in section 8.1.6.

8.1.8 Reordering of Quantized LSFs

Inverse-quantized LSFs are reordered and a minimum distance between adjacent LSFs of
50 Hz is introduced before they are used.

8.1.9 Conversion into LSP parameters
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The inverse quantization procedure described so far results in the set of LPC parameters in
the LSF domain. The LSFs are then converted to the cosine domain (LSPs) using the
relation g; = cos(a), i=1,. . .,16 with w; being the line spectral frequencies (LSF).

8.1.10 Interpolation of LSP parameters

For each ACELP frame {or sub-frame), although only one LPC filter corresponding to the
end of the frame is transmitted, linear interpolation is used to obtain a different filter in
each sub-frame (or part of a sub-frame) (4 filters per ACELP frame or sub-frame). The
interpolation is performed between the LPC filter corresponding to the end of the previous
frame (or_sub»frame)and the LPC filter corresponding to the end of the (current) ACELP

frame. Let LSP" be the new available LSP vector and LSP“® the previously available
LSP vector. The interpolated LSP vectors for the N, =4 sub-frames are given by

H i

LSP, = (0.875~ YLSP'™ +(0.125 +

5fr Eiig

YLSPU for i=0,.,N,, —1

The interpolated LSP vectors are used to compute a different LP filter at each sub-frame
using the LSP to LP conversion method described in below.

8.1.11 LSP o LP Conversion

For each sub-frame, the interpolated LSP coefficients are converted into LP filter
coefficients ay, 950a, 990a, which are used for synthesizing the reconstructed signal in the
sub-frame. By deﬁniﬁon, the LSPs of a 16™ order LP filter are the roots of the two
polynomials

F(2)= A()+ 277 a(z™")

and
Fy(z)= A(z)~z"" A(z™")

which can be expressed as

F(z)=(+z")F ()

and
Fy(zy=(1-2")Fy(2)

with
Fi= []0-202" 4277

1=13,...15
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and

Fo(z)= 1—[ (1--24{,—2*P +z‘2)

i=2,4...16

where g;, /=1,. . .,16 are the LSFs in the cosine domain also called LSPs. The conversion
to the LP domain is done as follows. The coefficients of Fy(z) and Fy(z) are found by
expanding the equations above knowing the quantized and interpolated LSPs. The
following recursive relation is used to compute Fy(z):

for i=1 to &
F1y =23, /,-D+2/,(-2)

for j=i-1 down to I
S = 10295000 -0+ /0-2)
end .

end

with initial values f(0) = 1 and fi(-1) = 0. The coefficients of F5(z) are computed similarly
by replacing g2;.1 by ga:.

Once the coefficients of Fi(z) and F(z) are found, F(z) and Fifz) is multiplied by 4z
and 1-z"', respectively, to obtain '((z) and F'y(z); that is

AO =[O+ [G=D, i=1..8
fHDy=fH0- LG, i=1.8
Finally, the LP coefficients are computed from f71(i) and f/"(i) by

i

_[o5£{)+05£5), i=1..8
0S5 A0T=D-05F507-1), i=9,.16

This is directly derived from the equation A(z) = (F{(2)+ F5(2))/2, and considering the
fact that F(z) and F5(z) are symmetric and asymmetric polynomials, respectively.

82.ACELP
In the following, some details regarding the processing performed by the ACELP branch

980 of the audio signal decoder 900 will be explained to facilitate the understanding of the
aliasing-cancellation mechanisms, which will subsequently be described.
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2.2.1 Definitions

In the following, some definitions will be provided.

The bitstream element “mean_energy ” describes the quantized mean excitation energy per
frame. The bitstream element “acb_index[sfr] ” indicates the adaptive codebook index for
each sub-frame.

The bitstream element “Itp_filtering flag[sfr] ” is an adaptive codebook excitation filtering
flag. The bitstream element “lcb_index{sfr] ” indicates the innovation codebook index for
each sub-frame. The bitstream element “gains[sfr] ” describes quantized gains of the
adaptive codebook and innovation codebook contribution to the excitation.

Moreover, for details regarding the encoding of the bitstream element “mean_energy ”,
reference is made to table 5.

8.2.2 Setting of the ACELP excitation buffer using the past FD synthesis and LPC0

In the following, an optional initialization of the ACELP excitation buffer will be
described, which may be performed by a block 990b.

In case of a transition from FD to ACELP, the past excitation buffer u(n) and the buffer
containing the past pre-emphasized synthesis §(n) are updated using the past FD synthesis
(including FAC) and LPCO (i.e. the LPC filter coefficients of the filter coefficient set
LPCO) prior to the decoding of the ACELP excitation. For this the FD synthesis is pre-
emphasized by applying the pre-emphasis filter (1-0.68z7"), and the result is copied to
§(n). The resulting pre-emphasized synthesis is then filtered by the analysis filter A(z)
using LPCO to obtain the excitation signal u(n).

8.2.3 Decoding of CELP excitation

If the mode in a frame is a CELP mode, the excitation consists of the addition of scaled
adaptive codebook and fixed codebook vectors. In each sub-frame, the excitation is
constructed by repeating the following steps:

The information required to decode the CELP information may be considered as the
encoded ACELP excitation 982. It should also be noted that the decoding of the CELP
excitation may be performed by the blocks 988, 989 of the ACELP branch 980.
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8.2.3.1 Decoding of adaptive codebook excitation, in dependence on the bitstream element

“ach index[]”

The received pitch index (adaptive codebook index) is used to find the integer and
fractional parts of the pitch lag.

The initial adaptive codebook excitation vector v'(n) is found by interpolating the past
excitation u(n) at the pitch delay and phase (fraction) using an FIR interpolation filter.

The adaptive codebook excitation is computed for the sub-frame size of 64 samples. The
received adaptive filter index (ltp_filtering_flag(]) is then used to decide whether the
filtered adaptive codebook is v(n) = v'(n) or v(r) = 0.18v'(n) + 0.64v’(n —~ 1) + 0.18v’(n -
2).

8.2.3.2 Decoding of innovation codebook excitation using the bitstream element

“icb_index{1”

The received algebrai¢ codebook index is used to extract the positions and amplitudes
(signs) of the excitation pulses and to find the algebraic codevector ¢(n). That is

e(n) = Nfs,é(n -m;)

=0

where m; and s; are the pulse positions and signs and M is the number of pulses.
Once the algebraic codevector c(n) is decoded, a pitch sharpening procedure is performed.
First the ¢(n) is filtered by a pre-emphasis filter defined as follows:

Fomp(2)=1-0.3 2"
The pre-emphasis filter has the role to reduce the excitation energy at low frequencies.
Next, a periodicity enhancement is performed by means of an adaptive pre-filter with a
transfer function defined as:

1 if n < min(7,64)
F,(z)={ (1+0.85z7) if T <64and T < n < min(27,64)
1/(1-0.85z77)  if 2T <64and 2T <n <64
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where 7 is the sub-frame index (n=0,..,63), and where T is a rounded version of the integer
part Tp and fractional part 7 fr.c Of the pitch lag and is given by:

(T, +1 if Ty >2
_i T, otherwise

The adaptive pre-filter F,(z) colors the spectrum by damping inter-harmonic frequencies,
which are annoying to the human ear in case of voiced signals.

8.2.3.3 Decoding of adaptive and innovative codebook gains, described by the bitstream

element “gains{1”

The received 7-bit index per sub-frame directly provides the adaptive codebook gain &
and the fixed-codebook gain correction factor 7. The fixed codebook gain is then

computed by multiplying the gain correction factor by an estimated fixed codebook gain.
The estimated fixed-codebook gain g’ is found as follows. First, the average innovation
energy is found by

E = IOEog(chz(z')\)

Then the estimated gain G', in dB is found by

where £ is the decoded mean excitation energy per frame. The mean innovative excitation
energy in a frame, E, is encoded with 2 bits per frame (18, 30, 42 or 54 dB) as
“mean_energy .

The prediction gain in the linear domain is given by

0.05G" 0.05(E-E;
gl =100 = Q00E2)

The quantized fixed-codebook gain is given by
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8.2.3.4 Computing the reconstructed excitation

The following steps are for n =0, ..., 63. The total excitation is constructed by:

u'(n) = g,v(n)+g.c(n)
where c(nj is the codevector from the fixed-codebook after filtering it through the adaptive
pre-filter F(z). The excitation signal u'(n) is used to update the content of the adaptive
codebook. The excitation signal u'(n) is then post-processed as described in the next
section to obtain the post-processed excitation signal u(n) used at the input of the synthesis
filter 1/A4(z2).

8.3 Excitation Post-processing

8.3.1General
In the following, the excitation signal post-processing will be described, which may be
performed at block 989. In other words, for signal synthesis a post-processing of excitation

elements may be performed as follows.

8.3.2 Gain Smoothin

for Noise Enhancement

A nonlinear gain smoothing technique is applied to the fixed-codebook gain g. in order to
enhance excitation in noise. Based on the stability and voicing of the speech segment, the
gain of the fixed-codebook vector is smoothed in order to reduce fluctuation in the energy
of the excitation in case of stationary signals. This improves the performance in case of
stationary background noise. The voicing factor is given by

A =0.5(1-ry)
with
Fv= (Ev - Ec)/(Ev + Ec)’

where Ev and Ec are the energies of the scaled pitch codevector and scaled innovation
codevector, respectively (r, gives a measure of signal periodicity) . Note that since the
value of 7, is between —1 and 1, the value of & is between 0 and 1. Note that the factor A is
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related to the amount of unvoicing with a value of 0 for purely voiced segments and 2
value of 1 for purely unvoiced segments.

A stability factor ¢ is computed based on a distance measure between the adjacent LP
filters. Here, the factor @ is related to the ISF distance measure, The ISF distance is given
by

14 2
ISF,, = > (f,= )
<0

where f; are the ISFs in the present frame, and /' are the ISFs in the past frame. The
stability factor #1is given by

6 =125 - ISF,,, /400000 Constrained by 0 < < 1

The ISF distance measure is smaller in case of stable signals. As the value of @1is inversely
related to the ISF distance measure, then larger values of & correspond to more stable
signals. The gain-smoothing factor S,, is given by

Sp =28

The value of S, approaches | for unvoiced and stable signals, which is the case of
stationary background noise signals. For purely voiced signals, or for unstable signals, the
value of S,, approaches 0. An initial modified gain gy is computed by comparing the fixed-
codebook gain g, to a threshold given by the initial modified gain from the previous sub-
frame, g.,. If g, is larger or equal to g, then gy is computed by decrementing . by 1.5 dB
bounded by gy 2 g_i. If &, is smaller than g_;, then gy is computed by incrementing g, by
1.5 dB constrained by gp < g.1.

Finally, the gain is updated with the value of the smoothed gain as follows

ésc :lSmgO +(I_Sm)§c

8.3.3 Pitch Enhancer
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A pitch enhancer scheme modifies the total excitation u () by filtering the fixed-codebook
excitation through an innovation filter whose frequency response emphasizes the higher
frequencies and reduces the energy of the low frequency portion of the innovative
codevector, and whose coefficients are related to the periodicity in the signal. A filter of
the form ‘

-]
F,-mo(z):wcpezﬂ—cpez

is used where ¢, = 0.125(1 + r,), with r, being a periodicity factor given by r, = (E, —
EJ/I(E, + E,) as described above. The filtered fixed-codebook codevector is given by

c'(n)=c(n)—cp(cn+)+c(n-1))
and the updated post-processed excitation is given by
u(n) =g, v(n)+g .c'(n

The above procedure can be done in one step by updating the excitation 989a, u(n) as
follows

u(n) = gv(n)+ g .cdn) - &, (c(n++c(n-1)

8.4 Synthesis and Post-processing

In the following, the synthesis filtering 991 and the post-processing 992 will be described.

8.4.1 General

The LP synthesis is performed by filtering the post-processed excitation signal 98%a u(n)
through the LP synthesis filter //4(z). The interpolated LP filter per sub-frame is used in
the LP synthesis filtering the reconstructed signal in a sub-frame is given by

16
§(my=u(m)-y a5(n-i), n=0,.,63

i=l

The synthesized signal is then de-emphasized by filtering through the filter 1/(1-0.68z"")
(inverse of the pre-emphasis filter applied at the encoder input).
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8.4.2 Post-processing of the synthesis signal

After LP synthesis, the reconstructed signal is post-processed using low-frequency pitch
enthancement. Two-band decomposition is used and adaptive filtering is applied only to the
lower band. This results in a total post-processing, that is mostly targeted at frequencies
near the first harmonics of the synthesized speech signal.

The signal is processed in two branches. In the higher branch the decoded signal is filtered
by a high-pass filter to produce the higher band signal sy. In the lower branch, the decoded
signal is first processed through an adaptive pitch enhancer, and then filtered through a
low-pass filter to obtain the lower band post-processed signal s;zr. The post-processed
decoded signal is obtained by adding the lower band post-processed signal and the higher
band signal. The object of the pitch enhancer is to reduce the inter-harmonic noise in the
decoded signal, which is achieved here by a time-varying linear filter with a transfer
function

a ; «
H(2)=(-a)+=z" +=z7"
p@)=0-a) 57 +3

and described by the following equation:

s,(n)=(1 —a)§(ﬁ)+%§(n—f)+%§(n+?")

where « is a coefficient that controls the inter-harmonic attenuation, 7 is the pitch period
of the input signal §(»), and s.z(r) is the output signal of the pitch enhancer. Parameters T
and « vary with time and are given by the pitch tracking module. With a value of @ = 0.5,
the gain of the filter is exactly 0 at frequencies 1/(27),3/(27), 5/(27), etc.; i.e. at the mid-
point between the harmonic frequencies 1/7, 3/T, 5/, etc. When « approaches 0, the
attenuation between the harmonics produced by the filter decreases,

To confine the post-processing to the low frequency region, the enhanced signal s, is low
pass filtered to produce the signal s;.z+ which is added to the high-pass filtered signal sy to
obtain the post-processed synthesis signal sz.

An alternative procedure equivalent to that described above is used which eliminates the
need to high-pass filtering. This is achieved by representing the post-processed signal sg(#)
in the z-domain as
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8:(2) = §(2) - aS(2)P, (DH (2)

where P, 7(z) is the transfer function of the long-term predictor filter given by
P, (z)=1-05z" -0.5z7

and Hip(z) is the transfer function of the low-pass filter.

Thus, the post-processing is equivalent to subtracting the scaled low-pass filtered long-
term error signal from the synthesis signal §(»).

The value T is given by the received closed-loop pitch lag in each sub-frame (the fractional
pitch lag rounded to the nearest integer). A simple tracking for checking pitch doubling is
performed. If the normalized pitch correlation at delay T/2 is larger than 0.95 then the
value T/2 is used as the new pitch lag for post-processing.

The factor a is given .by

a=05g, constrainedto 0< <05
where g, is the decoded pitch gain.

Note that in TCX mode and during frequency domain coding the value of @ is set to zero.
A linear phase FIR low-pass filter with 25 coefficients is used, with a cut-off frequency at
SFs/256 kHz (the filter delay is 12 samples).

8.5 MDCT based TCX

In the following, the MDCT based TCX will be described in detail, which is performed by
the main signal synthesis 940 of the TXC-LPD branch 930.

8.5.1 Tool description

When the bitstream variable “core_mode ” is equal to 1, which indicates that the encoding
is made using linear-prediction-domain parameters, and when one or more of the three
TCX modes is selected as the “linear prediction-domain > coding, i.e. one of the 4 array
entries of mod[] is greater than 0, the MDCT based TCX tool is used. The MDCT based
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TCX receives the quantized spectral coefficients 941a from the arithmetic decoder 941,
The quantized coefficients 941a (or an inversely quantized version 942a thereof) are first
completed by a comfort noise (noise filling 943). LPC based frequency-domain noise
shaping 945 is then applied to the resulting spectral coefficients 943a (or a spectrally de-
shaped version 944a thereof) and an inverse MDCT transformation 946 is performed to get
the time-domain synthesis signal 946a.

8.5.2 Definitions

In the following, some definitions will be provided. The variable “lg ” describes a number
of quantized spectral coefficients output by the arithmetic decoder. The bitstream element
“noise_factor ” describes a noise level quantization index. The variable “noise level
describes a level of noise injected in a reconstructed spectrum. The variable “noise{] ”
describes a vector of generated noise. The bitstream element “global_gain ” describes a re-
scaling gain quantization index. The variable “g ™ describes a re-scaling gain. The variable
“rms ” describes a root mean square of the synthesized time-domain signal, x[]. The

variable “x[] " describes a synthesized time-domain signal.
8.5.3 Decoding Process

The MDCT-based TCX requests from the arithmetic decoder 941 a number of quantized
spectral coefficients, g, which is determined by the mod[] value. This value (lg) also
defines the window length and shape which will be applied in the inverse MDCT. The
window, which may be applied during or-after the inverse MDCT 946, is composed of
three parts, a left side overlap of L. samples, a middle part of ones of M samples and a right
overlap part of R samples. To obtain an MDCT window of length 2*1g, ZL zeros are added
on the left and ZR zeros on the right side. In case of a transition from or to a
SHORT WINDOW, the corresponding overlap region L or R may need to be reduced to
128 in order to adapt to the shorter window slope of the SHORT_WINDOW.
Consequently the region M and the corresponding zero region ZL or ZR may need to be
expanded by 64 samples each.

The MDCT window, which may be applied during the inverse MDCT 946 or following the
inverse MDCT 946, is given by
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0 for O0<n<ZL
Won _veer . (n—Z2L) Jor ZL<n<ZL+L
Win) =< I Jfor ZL+Lsn<ZL+L+M
Won wouran=2ZL-L-M) for ZL+L+M <n<ZL+L+M+R
0 Jfor ZL+L+M+R<n<2lg

Table 6 shows a number of spectral coefficients as a function of mod{].

The quantized spectral coefficients, quant{] 941a, delivered by the arithmetic decoder 941,
or the inversely quantized spectral coefficients 942a, are optionally completed by a
comfort noise (noise filling 943). The level of the injected noise is determined by the
decoded variable noise_factor as follows:

noise_level = 0.0625*%(8-noise_factor)

A noise vector, noise[], is then computed using a random function, random_sign(),
delivering randomly the value -1 or +1.

Aaiiniiaiid

The quant[] and noise[] vectors are combined to form the reconstructed spectral
coefficients vector, r[] 942a, in a way that the runs of 8 consecutive zeros in quant[] are
replaced by the components of noise[]. A run of 8 non-zeros are detected according to the
formula: '

rifi}=1 forie[0,1g/ 6]
min{ 7lg=87/8 }-1)

Alg6+il= Y. |quantlg/6+81i/8]+ k]’ forie[0,5.1g/6]

k=0

One obtains the reconstructed spectrum 943a as follows:

N noiseli] if ri[i]=0
riil=
quant[i] otherwise

A spectrum de-shaping 944 is optionally applied to the reconstructed spectrum 943a
according to the following steps:
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1. calculate the energy E, of the 8-dimensional block at index m for each §-
dimensional block of the first quarter of the spectrum

2. compute the ratio R,=sqri(E./E;), where I is the block index with the maximum
value of all E,,

3. ifR,<0.1,thenset R,=0.]

4. if R, <R.;, then set R, =R,

Each 8-dimensional block belonging to the first quarter of spectrum are then multiplied by
the factor R,. Accordingly, the spectrally de-shaped spectral coefficients 944a are
obtained.

Prior to applying the inverse MDCT 946, the two quantized LPC filters LPC1, LPC2 {each
of which may be described by filter coefficients a; to ayg) corresponding to both extrémity
of the MDCT block (i.e. the left and right folding points) are retrieved (block 950), their
weighted versions are computed, and the corresponding decimated (64 points, whatever the
transform length) spectrums 951a are computed (block 951). These weighted LPC
spectrums 951a are computed by applying an ODFT (odd discrete Fourier transform) to the
LPC filter coefficients 950a. A complex modulation is applied to the LPC coefficients
before computing the ODFT so that the ODFT frequency bins (used in the spectrum
computation 951) are perfectly aligned with the MDCT frequency bins (of the inverse
MDCT 946). For example, the weighted LPC synthesis spectrum 951a of a given LPC
filter A(z) (defined, for example, by time-domain filter coefficients a; to a;s) is computed
as follows:

2uk

M- sk

XK= xlnle ¥
=0

with

x(n]= ﬁf‘[n]e_'iw if0<n<lpc_order+1
0 iflpc_order+1<n<M

where ﬁ»fn}, n=0..Ipc_order +1, are the (time-domain) coefficients of the weighted
LPC flter given by:

W(z)=A(zly,) withy, =092

The gains gfk] 952a can be calculated from the spectral representation Xofk], 951a of the
LPC coefficients according to:
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J )
g{k]= m \v/ ke{O,...,M—-i}

where M=64 is the number of bands in which the calculated gains are applied.

Let gifk] and g2{k}, k=0...63, be the decimated LPC spectrums corresponding
respectively to the left and right folding points computed as explained above. The inverse
FDNS operation 945 consists in filtering the reconstructed spectrum rfi], 944a using the
recursive filter:

w(i} = afi]r[ilb)reli-1], i=0. . . g,

where ai] and bi], 945b are derived from the left and right gains gl{k], g2[k], 952a using
the formulas:

ali] = 2-¢1 [K]-¢2[K) / (g1 (K}+e2(KkD),
bli] = (e2[k]-g1[k]) / (g1 [K]+g2[K]).

In the above, the variable k is equal to 1/(1g/64) to take into consideration the fact that the
LPC spectrums are decimated.

The reconstructed spectrum rr]], 9452 is fed in an inverse MDCT 946. The non-windowed
output signal, x[}, 946a, is re-scaled by the gain, g, obtained by an inverse quantization of
the decoded “global_gain ” index:

10 globol _gain/ 28

2-rms

where rms is calculated as:

IS =

The rescaled synthesized time-domain signal 940a is then equal to:

x,(i]=xi] g
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After rescaling, the windowing and overlap add is applied, for example, in the block 978.

The reconstructed TCX synthesis x(n) 938 is then optionally filtered through the pre-
emphasis filter (1-0.68z""). The resulting pre-emphasized synthesis is then filtered by the

analysis filter A(z) in order to obtain the excitation signal. The calculated excitation

updates the ACELP adaptive codebook and allows switching from TCX to ACELP in a

subsequent frame. The signal is finally reconstructed by de-emphasizing the pre-
emphasized synthesis by applying the filter1/(1-0.68:7'), Note that the analysis filter

coefficients are interpolated in a sub-frame basis.

Note also that the length of the TCX synthesis is given by the TCX frame length (without
the overlap): 256, 512 or 1024 samples for the mod[] of 1,2 or 3 respectively.

8.6 Forward Aliasing-Cancellation (FAC) Tool

8.6,1 Forward Aliasing-Cancellation Tool Description

The following describes forward-aliasing cancellation (FAC) operations which are
performed during transitions between ACELP and transform coding (TC) (for example, in
the frequency-domain mode or in the TCX-LPD mode) in order to get the final synthesis
signal. The goal of FAC is to cancel the time-domain aliasing introduced by TC and which
cannot be cancelled by the preceding or following ACELP frame. Here the notion of TC
includes MDCT over long and short blocks (frequency-domain mode) as well as MDCT-
based TCX (TCX-LPD mode).

Fig. 10 represents the different intermediate signals which are corriputed in order to obtain
the final synthesis signal for the TC frame. In the example shown, the TC frame (for
example, a frame 1020 encoded in the frequency-domain mode or in the TCX-LPD mode)
is both preceded and followed by an ACELP frame (frames 1010 and 1030). In the other
cases (an ACELP frame followed by more than one TC frame, or more than one TC frame
followed by an ACELP frame) only the required signals are computed.

Taking reference to Fig. 10 now, an overview over the forward-aliasing-cancellation will
be provided, wherein it should be noted that the forward-aliasing-cancellation will be
performed by the blocks 960, 961, 962, 963, 964, 965 and 970.
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In the graphical representation of the forward-aliasing-cancellation decoding operations,
which are shown in Fig. 10, abscissas 1040a, 1040b, 1040c, 1040d describe a time in terms
of audio samples. An .ordinate 1042a describes a forward-aliasing-cancellation synthesis
signal, for example, in terms of an amplitude. An ordinate 1042b describes signals
representing an encoded audio content, for example, an ACELP synthesis signal and a
transform coding frame output signal. An ordinate 1042¢ describes ACELP contributions
to an aliasing-cancellation such as, for example, a windowed ACELP zero-impulse
response and a windowed and folded ACELP synthesis. An ordinate 1042d describes a
synthesis signal in an original domain.

As can be seen, a forward-aliasing-cancellation synthesis signal 1050 is provided at a
transition from the audio frame 1010 encoded in the ACELP mode to the audio frame 1020
encoded in the TCX-LPD mode. The forward-aliasing-to-cancellation synthesis signal
1050 is provided by applying the synthesis filtering 964 and an aliasing-cancellation
stimulus signal 963a, which is provided by the inverse DCT of typé [V 963. The synthesis
filtering 964 is based on the synthesis filter coefficients 965a, which are derived from a set
LPC1 of linear-prediction-domain parameters or LPC filter coefficients. As can be seen in
Fig. 10, a first portion 1050a of the (first) forward-aliasing-cancellation synthesis signal
1050 may be a non-zero-input response provided by the synthesis filtering 964 for a non-
zero aliasing-cancellation stimuius signal 963a. However, the forward-aliasing-
cancellation synthesis signal 1050 also comprises a zero-input response portion 1050b,
which may be provided by the synthesis filtering 964 for a zerd-portion of the aliasing-
cancellation stimulus signal 963a. Accordingly, the forward-aliasing-cancellation synthesis
signal 1050 may comprise a non-zero-input response portion 1050a and a zero-input
response portion 1050b, It should be noted that the forward-aliasing-cancellation synthesis
signal 1050, may preferably be provided on the basis of the set LPC1 of linear-prediction-
domain parameters, which is related to the transition between the frame or sub-frame 1010,
and the frame or sub-frame 1020. Moreover, another forward aliasing-cancellation
synthesis signal 1054 is provided at a transition from the frame or sub-frame 1020 to the
frame or sub-frame 1030, The forward-aliasing-cancellation synthesis signal 1054 may be
provided by synthesis filtering 964 of an aliasing-cancellation stimulus signal 963a, which
is provided by an inverse DCT IV, 963 on the basis of the aliasing-cancellation
coefficients. It should be noted that the provision of the forward aliasing-cancellation
synthesis signal 1054 may be based on a set of linear-prediction-domain parameters LPC2,
which are associated to the transition between the frame or sub-frame 1020 and the
subsequent frame or sub-frame 1030.
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In addition, additional aiiasihg-canoellation synthesis signals 1060, 1062 will be provided
at a transition from an ACELP frame or sub-frame 1010 to a TXC-LPD frame or sub-
frame 1020. For example, a windowed and folded version 973a, 1060 of an ACELP
synthesis signal 986, 1056 may be provided, for example, by the blocks 971, 972, 973,
Further, a windowed ACELP zero-input-response 976a, 1062 will be provided, for
example, by the blocks 975, 976. For example, the windowed and folded ACELP synthesis
signal 973a, 1060 may be obtained by windowing the ACELP synthesis signal 986, 1056
and by applying a temporal folding 973 of the result of the windowing, as will be described
in more detail below. The windowed ACELP zero-input-response 976a, 1062 may be
obtained by providing a zero-input to a synthesis filter 975, which is equal to the synthesis
filter 991, which is used to provide the ACELP synthesis signal 986, 1056, wherein an
initial state of the synthesis filter 975 is equal to a state of the synthesis filter 981 at the end
of the provision of the ACELP synthesis signal 986, 1056 of the frame or sub-frame 1010,
Thus, the windowed and folded ACELP synthesis signal 1060 rhay be equivalent to the
forward aliasing-cancellation synthesis signal 973a, and the windowed ACELP zero-input-
response 1062 may be equivalent to the forward aliasing-cancellation synthesis signal
976a.

Finally, the transform coding frame output the signal 1050z, which may equal to a
windowed version of the time-domain representation 940a, as combined with the forward
aliasing-cancellation synthesis signals 1052, 1054, and the additional ACELP contributions
1060, 1062 to the aliasing-cancellation.

8.6.2 Definitions

In the following, some definitions will be provided. The bitstream element “fac_gain
describes a 7-bit gain index. The bitstream element “nq[i] ” describes a codebook number.
the syntax element “FAC[i] ” describes forward aliasing-cancellation data. The variable
“fac_length ” describes a length of a forward aliasing-cancellation transform, which may
be equal to 64 for ftransitions from and to & window of type
“EIGHT _SHORT_SEQUENCES ” and which may be 128 otherwise. The variable
“use_gain ” indicates the use of explicit gain information. '

8.6.3 Decoding Process

In the following, the decoding process will be described. For this purpose, the different
steps will briefly be summarized.
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Decode AVQ parameters (block 960)

- The FAC information is encoded using the same algebraic vector quantization
(AVQ) tool as for the encoding of LPC filters (see section 8.1).

- Fori=0...FAC transform length:
o A codebook number ng[i] is encoded using a modified unary code
o The corresponding FAC data FAC[i] is encoded with 4*ngfi] bits

- A vector FAC[i] for i=0,...fac_length is therefore extracted from the
bitstream

Apply a gain factor g to the FAC data (block 961)

- For transitions with MDCT-based TCX (wLPT), the gain of the
corresponding “tcx_coding ” element is used -

- For other transitions, a gain information “fac_gain ™ has been retrieved from
the bitstream (encoded using a 7-bits scalar quantizer). The gain g is
calculated as g=10/*~#7""2! ysing that gain information.

In the case of transitions between MDCT based TCX and ACELP, a spectrum de-
shaping 962 is applied to the first quarter of the FAC spectral data 961a. The de-
shaping gains are those computed for the corresponding MDCT based TCX (for
usage by the spectrum de-shaping 944) as explained in section 8.5.3 so that the
quantization noise of FAC and MDCT-based TCX have the same shape.

Compute the inverse DCT-IV of the gain-scaled FAC data (block 963).

The FAC transform length, fac_length, is by default equal to 128
For transitions with short blocks, this length is reduced to 64.

Apply (block 9_64) the weighted synthesis filter 1/ Pf/'(z) (described, for example,

by the synthesis filter coefficients 965a) to get the FAC synthesis signal 964a. The
resulting signal is represented on line (a) in Fig. 10.

- The weighted synthesis filter is based on the LPC filter which corresponds to
the folding point (in Fig. 10 it is identified as LPCI for transitions from
ACELP to TCX-LPD and as LPC2 for transitions from wLPD TC (TCX-LPD
) to ACELP or LPCO for transitions from FD TC (frequency code transform
coding) to ACELP)
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- The same LPC weighting factor is used as for ACELP operations:
W(z)=A(z/7,) , where 7,=0.92

- To compute the FAC synthesis signal 964a, the initial memory of the
weighted synthesis filter 964 is set to 0

- For transitions from ACELP, the FAC synthesis signal 1050 is further
extended by appending the zero-input response (ZIR) 1050b of the weighted
synthesis filter (128 samples)

6. In the case of transitions from ACELP, compute the windowed past ACELP

synthesis 972a, fold it (for example, to obtain the signal 973a or to the signal 1060)
and add to it the windowed ZIR signal (for example, the signal 976a or the signal
1062). The ZIR response 1s compdted using LPCI1. The window applied to the
fac_length past ACELP synthesis samples is:
sine[n+fac_length]*sine[fac_length-1-n), n=-fac_length ... -1,

and the window applied to the ZIR is:

I-sine[n + fac_length]2, n=0... fac length-1,

where sine[n] isa quarter of a sine cycle:

sine[n] = sin(n*n/(2*fac_length)), n=90... 2*ac length-1.

The resulting signal is represented on line (¢) in Fig. 10 and denoted as the ACELP
contribution (signal contributions 1060, 1062).

7. Add the FAC synthesis 964a, 1050 (and the ACELP contribution 973a, 976a, 1060,
1062 in the case of transitions from ACELP) to the TC frame (which is represented
as line (b) in Fig. 10) (or to a windowed version of the time-domain representation
940a) in order to obtain the synthesis signal 998 (which is represented as line (d) in
Fig. 10).

8.7 Forward Aliasing-Canceliation (FAC) encoding process

In the following, some details regarding the encoding of the information required for the
forward -aliasing-cancellation will be described. In particular, the computation and
encoding of the aliasing-cancellation coefficients 936 will be described.
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Fig. 11 shows the processing steps at the encoder when a frame 1120 encoded with
Transform Coding (TC) is preceded and followed by a frame 1110, 1130 encoded with
ACELP. Here the notion of TC includes MDCT over long and short blocks as in AAC, as
well as MDCT-based TCX (TCX-LPD). Figure 11 shows time-domain markers 1140 and
frame boundaries 1142, 1144. The vertical dotied lines show the beginning 1142 and end
1144 of the frame 1120 encoded with TC. LPC1 and LPC2 indicate the centre of the
analysis window to calculate two LPC filters: LPC1 calculated at the beginning 1142 of the
frame 1120 encoded with TC, and LPC2 calculated at the end 1144 of the same frame
1120. The frame 1110 at the left of the “LPC1 ” marker is assumed to have been encoded
with ACELP. The frame 1130 at the right of the marker “LPC2 ” is also assumed to have
been encoded with ACELP.

There are four lines 1150, 1160, 1170, 1180 in Fig. 11. Each line represents a step in the
calculation of the FAC target at the encoder. It is to be understood that each line is time
aligned with the line above.

Line 1 {1150} of Fig. 11 represents the original audio signal, segmented in frames 1110,
1120, 1130 as stated above. The middle frame 1120 is assumed to be encoded in the
MDCT domain, using FDNS, and will be called the TC frame. The signal in the previous
frame 1110 is assumed to have been encoded in ACELP mode. This sequence of coding
modes (ACELP, then TC, then ACELP) is chosen so as to illustrate all processing in FAC
since FAC is concerned with both transitions (ACELP to TC and TC to ACELP).

Line 2 (1160} of Fig. 11 corresponds to the decoded (synthesis) éignals in each frame
(which may be determined by the encoder by using knowledge of the decoding algorithm).
The upper curve 1162, which extends from beginning to end of the TC frame, shows the
windowing effect (flat in the middle but not at the beginning and end). The folding effect is
shown by the lower curves 1164, 1166 at the beginning and end of the segment (with “- 7
sign at the beginning of the segment and “+ ” sign at the end of the segment). FAC can
then be used to correct these effects.

Line 3 (1170) of Fig. 11 represents the ACELP contribution, used at the beginning of the
TC frame to reduce the coding burden of FAC. This ACELP contribution is formed of two
parts: 1) the windowed, folded ACELP synthesis 877f, 1170 from the end of the previous
frame, and 2) the windowed zero-input response 877}, 1172 of the LPC1 filter.

It should be noted here that the windowed and folded ACELP synthesis 1110 may be
equivalent to the windowed and folded ACELP synthesis 1060, and that the windowed



10

15

20

25

30

35

WO 2011/048117 PCT/EP20160/065752
-64 -

zero-input-response 1172 may be equivalent to the windowed ACELP zero-input-response
1062. In other words, the audio signal encoder may estimate {(or calculate) the synthesis
result 1162, 1164, 1166, 1170, 1172, which will be obtained at the side of an audio signal
decoder (blocks 869a and 877).

The ACELP error which is shown in line 4 (1180) is then obtained by simply subtracting
Line 2 (1160) and Line 3 (1170) from Line 1 (1150) (block 870). An approximate view of
the expected envelope of the error signal 871, 1182 in the time domain is shown on Line 4
(1180) in Fig. 11. The error in the ACELP frame (1120) is expected to be approximately
flat in amplitude in the time domain. Then the error in the TC frame (between markers
LPC1 and LPC2) is expected to exhibit the general shape (time domain ebvelope) as
shown in this segment 1182 of Line 4 (1180) in Fig. 11.

To efficiently compensate the windowing and time-domain aliasing effects at the
beginning and end of the TC frame on Line 4 of Fig. 10, and assuming that the TC frame
uses FDNS, FAC is applied according to Fig. 11. It should be noted that Fig. 11 describes
this processing for both the left part (transition from ACELP to TC) and the right part
(transition from TC to ACELP) of the TC frame.

To summarize, the transform coding frame error 871, 1182, which is represented by the
encoded aliasing-cancellation coefficients 856, 936 is obtained by subtracting both, the
transform coding frame output 1162, 1164, 1166 (described, for example, by signal 869b),
and the ACELP contribution 1170, 1172 (described, for example, by signal 872) from the
signal 1152 in the original domain (i.e. in the time-domain). Accordmgly, the transform
coding frame error signal 1182 is obtained..

In the following, the encoding of the transform coding frame error 871, 1182 will be
described.

First, a weighting filter 874, 1210, W,(z) is computed from the LPCI filter. The error
signal 871, 1182 at the beginning of the TC frame 1120 on Line 4 (1180) of Fig. 11 (which
is also called the FAC target in Figs. 11 and 12) is then filtered through W,(z), which has as
initial state, or filter memory, the ACELP error 871, 1182 in the ACELP frame 1120 on
Line 4 of Fig. 11. The output of filter 874, 1210 W,(z) at the top of Fig. 12 then forms the
input of a DCT-IV transform 875, 1220. The transform coefficients §75a, 1222 from the
DCT-IV 875, 1220 are then quantized and encoded using the AVQ tool 876 (represented



10

15

20

25

30

35

WO 2011/048117 PCT/EP2016/065752
- 65 -

by O, 1230). This AVQ tool is the same that is used for quantizing the LPC coefficients.
These encoded coefficients are transmitted to the decoder. The output of AVQ 1230 is then
the input of an inverse DCT-IV 963, 1240 to form a time-domain signal 963a, 1242. This
time-domain signal is then filtered through the inverse filter 964, 1250, 1/W,(z) which has
zero-memory (zero initial state). Filtering through 1/W)(z) is extended past the length of
the FAC target using zero-input for the samples that extend after the FAC target. The
output 964a, 1252 of filter 1250, 1/W)(z) is the FAC synthesis, which is the correction
signal (for example, signal 964a) that may now be applied at the beginning of the TC
frame to compensate for the windowing and Time-Domain Aliasing effects.

Now, turning to the processing for the windowing and time-domain aliasing correction at
the end of the TC frame, we consider the bottom part of Fig. 12. The error signal 871,
1182b at the end of the TC frame 1120 on Line 4 of Fig. 11 (FAC target) is filtered through
filter 874, 1210; Wy(z), which has as initial state, or filter memory, the error in the TC
frame 1120 on Line 4:0f Fig. 11. Then all further processing steps are the same as for the
upper part of Fig. 12 which dealt with the processing of the FAC target at the beginning of
the TC frame, with the exception of the ZIR extension in the FAC synthesis.

Note that the processing in Fig. 12 is performed completely (from left 1o right) when
applied at the encoder (io obtain the local FAC synthesis), whereas at the decoder side the
processing in Fig. 12 is only applied starting from the received decoded DCT-IV
coefficients.

9. Bitstream .
In the following, some details regarding the bitstream will be described in order to
facilitate the understénding of the present invention. It should be noted here that a
significant amount of configuration information may be included in the bitstream.

However, an audio content of a frame encoded on the frequency-domain mode is mainly
represented by a bitstream element named “fd_channel stream() . This bitstream element
“fd_channel stream() " comprises a global gain information “global_gain ”, encoded scale
factor data “scale_factor_data() *, and arithmetically encoded spectral data
“ac__spectfa]_data ”. In addition, the bitstream element “fd_channel_stream() * selectively
comprises forward aliasing-cancellation data including a gain information (also designated
as “fac_data(1) ”), if (and only if) a previous frame (also designated as “superframe > in
some embodiments) has been encoded in the linear-prediction-domain mode and the last
sub-frame of the previous frame was encoded in the ACELP mode. In other words, a

forward-aliasing-cancellation data including a gain information is selectively provided for
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a frequency-domain mode audio frame, if the previous frame or sub-frame was encoded in
the ACELP mode. This is advantageous, as an aliasing-cancellation can be effected by a
mere overlap-and-add functionality between a previous audio frame or audio sub-frame
encoded in the TCX-LPD mode and the current audio frame encoded in the frequency-
domain mode, as has been explained above.

For details, reference is made to Fig. 14, which shows a syntax representation of the
bitstream element “fd_channel stream() ” which comprises the global gain information
, the scale factor data “scale factor data() 7, the arithmetically coded
spectral data “ac_spectral_data() ”. The variable “core_mode last ” describes a last core

"

“global_gain

mode and takes the value of zero for a scale factor based frequéncy-domain coding and
takes the value of one for a coding based on 1inear-§rediction-domain parameters (TCX-
LPD or ACELP). The variable “last_lpd_mode ” describes an LPD mode of a last frame or
sub-frame and takes the value of zero for a frame or sub-frame encoded in the ACELP
mode.

Taking reference now to Fig. 15, the syntax will be described for a bitstream element
“Ipd_channel_stream() », which encodes the information of an audio frame (also
designated as “superframe ™) encoded in the linear-prediction-demain mode. The audic
frame (“superframe ) encoded in the linear-prediction-domain mode may comprise a

¥

plurality of sub-frames (sometimes also designated as “frames 7, for example, in
combination with the terminology “superframe ). The sub-frames (or “frames ™) may be
of different types, such that some of the sub-frames may be encoded in the TCX-LPD

mode, while other of the sub-frames may be encoded in the ACELP mode.

The bitstream variable “acelp_core_mode ™ describes the bit allocation scheme in case an
ACELP is used. The bitstream element “lpd _mode ” has been explained above. The
variable “first_tcx_flag ” is set to true at the beginning of each frame encoded in the LPD
mode. The variable “first_lpd flag ” is a flag which indicates whether the current frame or
superframe is the first of a sequence of frames or superframes which are encoded in the
linear-prediction coding domain. The variable “last_Ipd ” is updated to describe the mode
(ACELP;. TCX256; TCX512; TCX1024) in which the last sub-frame (or frame) was
encoded. As can be seen at reference numeral 1510, forward-aliasing-cancellation data
without a gain information (“fac_data (0) ™) are included for a sub-frame which is encoded
in the TCX-LPD mode (mod[k]>0] if the last sub-frame was encoded in the ACELP mode
(last_lpd_mode==0) and for a sub-frame encoded in the ACELP mode (mod[k]==0) if the
previous sub-frame was encoded in the TCX-LPD mode (last_Ipd_mode>0).
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If, In contrast, the previous frame was encoded in the frequency-domain mode
{core_mode_last=0) and the first sub-frame of the current frame is encoded in the ACELP
mode (mod[0]==0), forward-aliasing-cancellation data including a gain information
(“fac_data(1) ) are contained in the bitstream element “Ipd_channel stream .

To summarize, forward-aliasing-cancellation data including a dedicated forward-aliasing-
cancellation gain value are included in the bitstream, if there is a direct transition between
a frame encoded in the frequency-domain and a frame or sub-frame encoded in the ACELP
mode. In contrast, if there is a transition between a frame or sub-frame encoded in the
TCX-LPD mode and a frame or sub-frame encoded in the ACELP mode, a forward-
aliasing-cancellation information without a dedicated forward-aliasing-cancellation gain
value is included in the bitstream.

Taking reference now to Fig. 16, the syntax of the forward-aliasing-cancellation data,
which is described by the bitstream element “fac_data() ” will be described. The parameter
“useGain ” indicates whether there is a dedicated forward-aliasing-cancellation gain value
bitstream element “fac_gain ”, as can be seen at reference numeral 1610. In addition, the

3

bitstream element “fac_data » comprises a plurality of codebook number bitstream

elements “ngli] ” and a number of “fac_data ™ bitstream elements “fac[i] ™.

The decoding of said codebook number and said forward-aliasing-cancellation data has
been described above.

10. Implementation Alternatives

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

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

The inventive encoded audio signal can be stored on a digital storage medium or can be
transmitted on a transmission medium such as a wireless transmission medium or a wired
transmission medium such as the Internet.
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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 Blue-Ray, a CD, a ROM, a
PROM, an EPROM, an EEPROM or a FLASH memory, having electronically readable
control signals stored thereon, which cooperate (or are capable of cooperating) with a
programmable 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.
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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.

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 receiver . ‘

In some embodiments, a programmable logic device (for example a field programmable
gate array) may be used to perform some or all of the functionalities of the methods
described herein. In some embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,
the methods are preferably performed by any hardware apparatus.

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

11. Conclusion

In the following, the present proposal for the unification of unified-speech-and-audio-
coding (USAC) windowing and frame transitions will be summarized,

Firstly, an introduction will be given and some background information described. A
current design (also designated as a reference design) of the USAC reference model
consists of (or comprises) three different coding modules. For each given audio signal
section (for example, a frame or sub-frame) one coding module (or coding mode) is chosen
to encode/decode that section resulting in different coding modes. As these modules
alternate in activity, special attention needs to be paid to the transitions from one mode to
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the other. In the past, various contributions have proposed modifications addressing these
transitions between coding modes.

Embodiments according to the present invention create an envisioned overall windowing
and transition scheme. The progress that has been achieved on the way towards completion
of this scheme will be described, displaying very promising evidence for quality and
systematic structural improvements.

The present document summarizes the proposed changes to the reference design (which is
also designated as a working draft 4 design) in order to create a more flexible coding
structure for USAC, to reduce overcoding and reduce the complexity of the transform
coded sections of the codec.

In order to arrive at a windowing scheme which avoids costly non-critical sampling
(overcoding), two components are introduced, which may be considered as being essential
in some embodiments: |

D the forward-aliasing-cancellation (FAC) window; and

2) frequency-domain noise-shaping (FDNS) for the transform coding branch in the
LPD core codec (TCX, also known as TCX-LPD or wLPT).

The combination of both technologies makes it possible to employ a windowing scheme
which allows highly flexible switching of transform length at a minimum bit demand.

In the following the challenges of reference systems will be described to facilitate the
understanding of the advantages provided by the embodiments according to the invention.
A reference concept according to the working draft 4 of the USAC draft standard consists
of a switched core codec working in conjunction with a pre-/post-processing stage -
consisting of (or comprising) MPEG swrround and an enhanced SBR module. The
switched core features a frequency-domain (FD) codec and a linear-predictive-domain
(LPD) codec. The latter employs an ACELP module and a transform coder working in the
weighted domain ("weighted Linear Prediction Transform" (WLPT), also known as
transform-coded-excitation, (TCX)). It has been found that due to the fundamentally
different coding principles, the transitions between the modes are especially challenging to
handle. It has been found that care has to be taken that the modes intermingle efficiently.
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In the following, the challenges which arise at the transitions from time-domain to
frequency-domain (ACELP—wLPT, ACELP—FD) will be described. It has been found
that transitions from time-domain coding to transform-domain coding are tricky, in
particular, as the transform coder is based on the transform domain aliasing-cancellation
(TDAC) property of neighboring blocks in the MDCT. It has been found that a frequency
domain coded block cannot be decoded in its entirety without additional information from
its adjacent overlapping blocks.

In the following, the challenges which appear at transitions from the signal domain fo the .
linear-predictive-domain (FD«+ACELP, FD«-wLPT) will be described. It has been found
that the transitions to and from the linear-predictive-domain imply a transition of different
quantization noise-shaping paradigms. It has been found that the paradigms utilize a
different way of conveying and applying psychoacoustically motivated noise-shaping
information, which can cause discontinuities in the perceived quality at places where the
coding mode changes. |

In the following, details regarding a frame transition matrix of a reference concept
according to the working draft 4 of the USAC draft standard will be described: Due to the
hybrid nature of the reference USAC reference model, there are a multitude of conceivable
window f{ransitions. The 3-by-3 table in Fig. 4 displays an overview of these transitions as
they are cuwrrently implemented according to the concept of the working draft 4 of the
USAC draft standard.

The contributions listed above each address one or more of the transition displayed in the
table of Fig. 4. It is worth noting that the non-homogenous transitions (the ones not on the
main diagonal) each apply different specific processing steps, which are the result of a
compromise between trying to achieve critical sampling, avoiding blocking artefacts,
finding a common windowing scheme, and allowing for an encoder closed-loop mode
decision. In some cases, this compromise comes at the cost of discarding coded and
transmitted samples.

In following, some proposed system changes will be described. In other words,
improvements of the reference concept according to the USAC working draft 4 will be
described. In order to tackle the listed difficulties at the window transitions, embodiments
according to the invention introduce two modifications to the existing system, when
compared to the concepts according to the reference system according to the working draft
4 of the USAC draft standard. The first modification aims at universally improving the
transition from time-domain to frequency-domain by adopting a supplemental forward-
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aliasing-cancellation window. The second modification assimilates the processing of
signal- andlinear-prediction domains by introducing a transmutation step for the LPC
coefficients, which then can be applied in the frequency domain.

In the féllowiug, the concept of frequency-domain noise shaping (FDNS) will be
described, which allows for the application of the LPC in the frequency-domain. The goal
of this tool (FDNS) is to allow TDAC processing of the MDCT coders which work in
different domains. While the MDCT of the frequency-domain part of the USAC acts in the
signal domain, the wLPT (or TCX) of the reference concept operates in the weighted
filtered domain. By replacing the weighted LPC synthesis filter, which is used in the
reference concept, by an equivalent processing step in the frequency-domain, the MDCT of
both transform coders operate in the same domain and TDAC can be accomplished without
introducing discontinuities in quantization noise-shaping.

In other words, the weighted LPC synthesis filter 330g is replaced by the
scaling/frequency-domain noise-shaping 380¢ in combination with the LPC to frequency-
domain conversion 380i. Accordingly, the MDCT 320g of the frequency-domain path and
the MDCT 380h of the TCX-LPD branch operate in the same domain, such that transform

domain aliasing-cancellation (TDAC) is achieved.

In the following, some details regarding the forward-aliasing-cancellation window (FAC
window) will be described. The forward-aliasing-cancellation (FAC) window has already
been introduced and described. This supplemental window compensates the missing
TDAC information which — in a continuously running transform code — is usually
contributed by the following or preceding window. Since the ACELP time-domain coder
exhibits no overlap to adjacent frames, the FAC can compenséte for the lack of this
missing overlap.

It has been found that by applying the LPC filter in the frequency-domain, the LPD coding
path looses some of the smoothing impact of the interpolated LPC filtering between
ACELP and wLPT (TCX-LPD) coded segments. However, it has been found that, since
the FAC was designed to enable a favorable transition at exactly this place, it can also
compensate for this effect.

As a consequence of introducing the FAC window and FDNS, all conceivable transitions
can be accomplished without any inherent overcoding.

In the following, some details regarding the windowing scheme will be described.
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How the FAC window can fuse the transitions between ACELP and wLPT has already
been described. For further details, reference is made to the following document: ISO/IEC
JTC1/SC29/WG11, MPEG2009/M16688, June-July 2009, London, United Kingdom,
“Alternatives for windowing in USAC ™.

Since the FDNS shifts the wLPT into the signal domain, the FAC window can now be
applied to both, the transitions from/to the ACELP to/from wLPT and also from/to ACELP
to/from FD mode in exactly the same manner (or, at least, in a similar manner).

Similarly, the TDAC based transform coder transitions which were previously possible
exclusively in-between FD windows or in-between wLPT windows (i.e. from/to FD
to/from FD; or from/to wLPT to/from wLPT) can now also be applied when transgressing
from the frequency-démain to wLPT, or vice-versa. Thus, both technologies combined
allow for the shifting of the ACELP framing grid 64 samples to the right (towards “later ”
in the time axis). By doing so, the 64 sample overlap-add on one end and the extra-long
frequency-domain transform window at the other end are no longer required. In both cases,
a 64 samples overcoding can be avoided in embodiments according to the invention when
compared to the reference concepts. Most importantly, all other transitions stay as they are
and no further modifications are necessary.

In the following the new frame transition matrix will briefly be discussed. An example for
a new transition matrix is provided in Fig. 5. The transitions on the main diagonal stay as
they were in working draft 4 of the USAC draft standard. All other transitions can be dealt
with by the FAC window or straightforward TDAC in the signal domain. In some
embodiments only two overlap lengths between adjacent transform domain windows are
needed for the above scheme, namely 1024 samples and 128 samples, though other overlap
lengths are also conceivable. "

12. Subjective Evaluation

It should be noted that two listening tests have been conducted to show that at the current
state of implementation the proposed new technology does not compromise the quality.
Eventually, embodiments according to the invention are expected to provide an increase in
quality dde fo the bit savings at the places where samples were previously discarded. As
another side effect, the classifier control at the encoder can be much more flexible since the
mode transitions are no longer afflicted with non-critical sampling. |
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13. Further Remarks

To summarize the above, the present descrfption describes an envisioned windowing and
transition scheme for the USAC which has several virtues, compared to the existing
scheme, used in working draft 4 of the USAC draft standard. The proposed windowing and
transition scheme maintains critical sampling in all transform-coded frames, avoids the
need for non-power-of-two transforms and properly aligns all transform-coded frames. The
proposal is based on two new tools. The first tool, forward-aliasing-cancellation (FAC), is
described in the reference [M16688]. The second tool, frequency-domain noise-shaping
(FDNS), allows processing frequency-domain frames and wLPT frames in the same
domain without introducing discontinuities in the quantization noise shaping. Thus, all
mode transitions in USAC can be handled with these two basic tools, allowing harmonized
windowing for all transform-coded modes. Subjective tests results were also provided in
the present description, showing that the proposed tools provide equivalent or better
quality compared to the reference concept according to the Workihg draft 4 of the USAC
draft standard.
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Claims

An audio signal decoder for providing a decoded representation of an audio content
on the basis of an encoded representation of the audio content, the aundio signal
decoder comprising:

a transform domain path configured to obtain a time domain representation of a
portion of the audio content encoded in a transform domain mode on the basis of a
first set of spectral coefficients, a representation of an aliasing-cancellation

stimulus signal and a plurality of linear-prediction-domain parameters,

wherein the transform domain path comprises a spectrum processor configured to
apply a spectral shaping to the first set of spectral coefficients in dependence on at
least a subset of the linear-prediction-domain parameters, to obtain a spectrally-

shaped version of the first set of spectral coefficients,

wherein the transform domain path comprises a first frequency-domain-to-time-
domain converter configured to obtain a time-domain representation of the audio
content on the basis of the specirally-shaped version of the first set of spectral
coefficients;

wherein the transform domain path comprises an aliasing-cancellation stimulus
filter configured to filter an aliasing-cancellation stimulus signal in dependence on
at least a subset of the linear-prediction-domain parameters, to derive an aliasing-

cancellation synthesis signal from the aliasing-cancellation stimulus signal; and

wherein the transform domain path also comprises a combiner configured to
combine the time-domain representation of the audio content with the aliasing-
cancellation synthesis signal, or a post-processed version thereof, to obtain an
aliasing-reduced time-domain signal.

The audio signal decoder according to claim 1, wherein the audio signal decoder is
a multi-mode audio signal decoder configured to switch between a plurality of

coding modes, and
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wherein the transform domain branch is configured to selectively obtain the
aliasing-cancellation synthesis signal for a portion of the audio content following a
previous portion of the audio content which does not allow for an aliasing-
cancelling overlap-and-add operation or for a portion of the audio content followed
by a subsequent portion of the audio content which does not allow for an aliasing-

cancelling overlap-and-add operation.

The audio signal decoder according to one of claims 1 or 2, wherein the audio
signal decoder is configured to switch between a transform-coded-excitation-linear-
prediction-domain mode, which uses a transform-coded-excitation information and
a linear-prediction-domain parameter information, and a frequency-domain mode,

which uses a spectral coefficient information and a scale factor information;

wherein the transform-domain path is configured to obtain the first set of spectral
coefficients on the basis of the transform-coded-excitation information, and to
obtain the linear-prediction-domain-parameters on the basis of the linear-

prediction-domain parameter information;

wherein the audio signal decoder comprises a frequency-domain path configured to
obtain a time-domain representation of the audio content encoded on the frequency-
domain mode on the basis of a frequency-domain mode set of spectral coefficients
described by the spectral coefficient information and in dependence on a set of
scale factors described by the scale factor information,

wherein the frequency-domain path comprises a spectrum processor configured to
apply a spectral shaping to the frequency-domain mode set of spectral coefficients,
or to a pre-processed version thereof, in dependence on the set of scale factors, to

obtain a spectrally-shaped frequency-domain mode set of spectral coefficients, and

when the frequency-domain path comprises a frequency-domain-to-time-domain
converter configured to obtain a time domain representation of the audio content on
the basis of the spectrally shaped frequency-domain mode set of spectral
coefficients;
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wherein the aundio signal decoder is configured such that time-domain
representations of two subsequent portions of the audio content, one of which two
subsequent portions of the audio content is encoded in the transform-coded-
excitation-linear-prediction-domain mode and one of which two subsequent
portions of the audio content is encoded in the frequency-domain mode, comprise a
temporal overlap to cancel a time-domain-aliasing caused by the frequency-
domain-to-time-domain conversion.

Audio signal decoder according to one of claims 1 to 3, wherein the audio signal
decoder is configured to switch between a transform-coded-excitation-linear-
prediction-domain mode, which uses a transform-coded-excitation information and
a linear-prediction-domain parameter information, and an algebraic code-excited-
linear-prediction (ACELP) mode, which uses an algebraic-code excitation

information and a linear-prediction-domain parameter information;

wherein the transform-domain path is configured to obtain the first set of spectral
coefficients on the basis of the transform-coded-excitation information, and to
obtain the linear-prediction-domain parameters on the basis of the linear-prediction-

domain parameter information;

wherein the audio signal decoder comprises an algebraic-code-excitation-linear-
prediction path configured to obtain a time domain representation of the audio
content encoded in the ACELP mode on the basis of the algebraic-code-excitation

information and the linear-prediction-domain parameter information;

wherein the ACELP path comprises an ACELP excitation processor configured to
provide a time-domain excitation signal on the basis of the algebraic-code
excitation information and using a synthesis filter configured to perform a time-
domain filtering of the time-domain excitation signal to provide a reconstructed
signal on the basis of the time-domain excitation signal and in dependence on
linear-prediction-domain filter coefficients obtained on the basis of the linear-

prediction-domain parameter information;
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wherein the transform domain path is configured to selectively provide the aliasing-
cancellation synthesis signal for a portion of the audio content encoded in the
transform-coded-excitation-linear-prediction-domain mode following a portion of
the audio content encoded in the ACELP mode, and for a portion of the audio
content encoded in the transform-coded-excitation-linear-prediction-domain mode
preceding a portion of the audio content encoded in the ACELP mode.

The audio signal decoder according to claim 4, wherein the aliasing-cancellation
stimulus filter is configured to filter the aliasing-cancellation stimulus signal in
dependence on the linear-prediction-domain filter parameters which correspond to
a left-sided aliasing folding point of the first frequency-domain-to-time-domain
converter for a portion of the audio content encoded in the transform-coded-
excitation-linear-prediction-domain mode following a portion of the audio content
encoded on the ACELP mode, and

wherein the aliasing-cancellation stimulus filter is configured to filter the aliasing-
cancellation stimulus signals in dependence on the linear-prediction-domain filter
parameters which correspond to a right-sided aliasing folding point of the first
frequency-domain-to-time-domain converter for a portion of the audio content
encoded in the transform-coded-excitation-linear-prediction-domain mode
preceding a portion of the audio content encoded on the ACELP mode.

The audio signal decoder according to claim 4 or 5, wherein the audio signal
decoder is configured to initialize memory values of the aliasing-cancellation
stimulus filter to zero for providing the aliasing-cancellation synthesis signal, to
feed M samples of the aliasing-cancellation stimulus signal into the aliasing-
cancellation stimulus filter, to obtain corresponding non-zero-input response
samples of the aliasing-cancellation synthesis signal, and to further obtain a
plurality of zero-input response samples of the aliasing-cancellation synthesis
signal; and

wherein the combiner is configured to combine the time-domain representation of
the audio content with the non-zero-input response samples and the subsequent
zero-input response samples to obtain an aliasing-reduced time-domain signal at a
transition from a portion of the audio content encoded in the ACELP
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mode to a subsequent portion of the audio content encoded in the transform-coded-
excitation-linear-prediction-domain mode.

The audio signal decoder according to one of claims 4 to 6, wherein the audio
signal decoder is configured to combine a windowed and folded version of at least
a portion of the time-domain representation obtained using the ACELP mode with a
time-domain representation of a subsequent portion of the audio content obtained
using the transform-coded-excitation-linear-prediction-domain mode, to at least

partially cancel an aliasing.

The audio signal decoder according to one of claims 4 to 7, wherein the audio
signal decoder is configured to combine a windowed version of a zero-input
response of the synthesis filter of the ACELP branch with a time-domain
representation of a subsequent portion of the audio content obtained using the
transform-coded-excitation-linear-prediction-domain mode, to at least partially
cancel an aliasing,

The audio signal decoder according to one of claims 4 to 8, wherein the audio
signal decoder is configured to switch between a transform-coded-excitation-linear-
prediction-domain mode, in which a lapped frequency-domain-to-time-domain
transform 1s used, a frequency-domain mode, in which a lapped frequency-domain-
to-time-domain transform is wused, and an algebraic-code-excitation-linear-

prediction mode,

wherein the audio signal decoder is configured to at least partially cancel an
aliasing at a transition between a portion of the audio content encoded in the
transform-coded-excitation-linear-prediction-domain mode and a portion of the
audio content encoded in the frequency-domain mode by performing an overlap-
and-add operation between time-domain samples of subsequent overlapping
portions of the audio content; and

wherein the audio signal decoder is configured to at least partially cancel an
aliasing at a transition between a portion of the audio content encoded in the
transform-coded-excitation-linear-prediction-domain mode and a portion of the
audio content encoded in the algebraic-code-excited-linear-prediction-domain mode
using the aliasing-cancellation synthesis signal.
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The audio signal decoder according to one of claims 1 to 9, wherein the audio
signal decoder is configured to apply a common gain value for a gain scaling of a
time-domain representation provided by the first frequency-domain-to-time-domain
converter of the transform domain path and for a gain scaling of the aliasing-

cancellation stimulus signal or the aliasing-cancellation synthesis signal.

The audio signal decoder according to one of claims 1 to 10, wherein the audio
signal decoder is configured to apply, in addition to the spectral shaping performed
in dependence on at least the subset of linear-prediction-domain parameters, a
spectrum deshaping to at least a subset of the first set of spectral coefficients, and

wherein the audio signal decoder is configured to apply the spectrum deshaping to
at least a subset of a set of aliasing-cancellation spectral coefficients from which the
aliasing-cancellation stimulus signal is derived.

The audio signal decoder according to one of claims 1 to 11, wherein the audio
signal decoder comprises a second frequency-domain-to-time-domain converter
configured to obtain a time-domain representation of the aliasing-cancellation
stimulus signal in dependence on a set of spectral coefficients representing the

aliasing-cancellation stimulus signal,

wherein the first frequency-domain-to-time-domain converter is configured to
perform a lapped transform, which comprises a time-domain aliasing, and wherein
the second frequency-domain-to-time-domain converter is configured to perform a
non-lapped transform.

The audio signal decoder according to one of claims 1 to 12, wherein the audio
signal decoder is configured to apply the spectral shaping to the first set of spectral
coefficients in dependence on the same linear-prediction-domain parameters, which

are used for adjusting the filtering of the aliasing-cancellation stimulus signal.

An audio signal encoder for providing an encoded representation of an audio
content comprising a first set of spectral coefficients, a representation of an
aliasing-cancellation stimulus signal and a plurality of linear-prediction-domain
parameters on the basis of an input representation of the audio content, the audio

signal encoder comprising:



10

15

20

25

30

15.

-82 .

a time-domain-to-frequency-domain converter configured to process the input
representation of the audio content, to obtain a frequency-domain representation of

the audio content;

a spectral processor configured to apply a spectral shaping to the frequency-domain
representation of the audio content, or to a pre-processed version thereof, in
dependence on a set of linear-prediction-domain parameters for a portion of the
audio content to be encoded in the linear-prediction-domain, to obtain a spectrally-

shaped frequency-domain representation of the audio content; and

an aliasing-cancellation information provider configured to provide a representation
of an aliasing-cancellation stimulus signal, such that a filtering of the aliasing-
cancellation stimulus signal in dependence on at least a subset of the linear-
prediction-domain parameters results in an aliasing-cancellation synthesis signal for

cancelling aliasing artifacts in an audio signal decoder.

A method for providing a decoded representation of an audio content on the basis

of an encoded representation of the audio content, the method comprising:

obtaining a time-domain representation of a portion of the audio content encoded in
a transform domain mode on the basis of a first set of spectral coefficients, a
representation of an aliasing-cancellation stimulus signal and the plurality of linear-

prediction-domain parameters,

wherein a spectral shaping is supplied to the first set of spectral coefficients in
dependence on at least a subset of the linear-prediction-domain parameters, to
obtain a spectrally shaped version of the first set of spectral coefficients, and

wherein a frequency-domain-to-time-domain conversion is applied to obtain a time-
domain representation of the audio content on the basis of the spectrally-shaped
version of the first set of spectral coefficients, and

wherein the aliasing-cancellation stimulus signal is filtered in dependence of at
least a subset of the linear-prediction-domain parameters, to derive an aliasing-

cancellation synthesis signal from the aliasing-cancellation stimulus signal, and
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wherein the time-domain representation of the audio content is combined with the
aliasing-cancellation synthesis signal, or a post-processed version thereof, to obtain
an aliasing-reduced-time-domain signal.

A method for providing an encoded representation of an audio content comprising a
first set of spectral coefficients, a representation of an aliasing-cancellation stimulus
signal, and a plurality of linear-prediction-domain parameters on the basis of an

input representation of the audio content, the method comprising:

performing a time-domain-to-frequency-domain conversion to process the input
representation of the audio content, to obtain a frequency-domain representation of
the audio content;

applying a spectral shaping to the frequency-domain representation of the audio
content, or to a pre-processed version thereof, in dependence of a set of linear-
prediction-domain parameters for a portion of the audio content to be encoded in
the linear-prediction-domain, to obtain a spectrally-shaped frequency-domain
representation of the audio content; and

providing a representation of an aliasing-cancellation stimulus signal, such that a
filtering of the aliasing-cancellation stimulus signal in dependence on at least a
subset of the linear-prediction-domain parameters results in an aliasing-cancellation

synthesis signal for cancelling aliasing artifacts in an audio signal decoder.

A computer program for performing the method according to claims 15 or 16, when

the computer program runs on a computer.



