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generate a decoded audio signal portion of the audio signal depending on a first audio signal portion and depending on a second au-
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Apparatus and Method for Improving a Transition from a Concealed Audio Signal
Portion to a Succeeding Audio Signal Portion of an Audio Signal

Description

The present invention relates to audio signal processing and decoding, and, in particular,
to an apparatus and method for improving a transition from a concealed audio signal
portion to a succeeding audio signal portion of an audio signal.

In case of an error-prone network, every codec is trying to mitigate the artifacts due to
those losses. The state of the art focuses on concealing the lost information by means of
different methods, from simple muting or noise substitution to advanced methods such as
prediction based on past good frames. One clearly overlooked great source of artifacts
due to packet losses is located at the recovery (few good frames after a loss).

Due to the long term prediction often used in the case of speech codecs, the recovery
artifact could be really severe and the error propagation could impact multiple following
good frames. Some prior art tries to mitigate that problem, see, e.g., [1] and [2].

In the case of generic or audio codecs (any codec working in the transform domain), a lot
of documentation about the concealment of frame losses like in [3] can be found.
However, the available prior art does not focus on the recovery of frames. It is assumed
that due to the nature of transform domain codec that the overlap and add will smooth out
the transition artifacts. One good example is AAC-ELD (AAC-ELD = Advanced Audio
Coding — Enhanced low delay; see [4]) used in Facetime for communication on IP

network.

The first few frames after a frame loss are referred to as “recovery frames”. Prior art
transform domain codecs do not appear to provide a special handiing regarding the one or
more recovery frames. Sometimes, annoying artifacts occur. An example for a problem
that can happen when conducting recovery is a superposition of the concealed and of the
good wave signal in the overlap and add part, which sometimes leads to annoying energy

boosis.

Another problem is abrupt piich changes on frame borders. An example for the case of
speech signals is that when the pitch of the original signal changes and a frame loss
occurs, the concealment method might predict the pitch at the end of a frame slightly

wrong. This slightly wrong prediction might cause a jump of the pitch into the next good
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frame. Most of the known concealment methods do not even use prediction and only use
a fix pitch base on the last valid pitch what could result in an even bigger mismatch with
the first good frame. Some other methods use advanced prediction to reduce the drift,
see, for example, TD-TCX PLC (TD = Time domain; TCX = Transform Coded Excitation;
PLC = Packet Loss Concealment) in EVS (EVS = Enhanced Voice Services), see [5].

State of the art methods for modifying the pitch in a speech signal, such as TD-PSOLA
(TD-PSOLA = Time Domain-Pitch Synchronous Overlap-Add), see [6] and [7], conduct
prosody modifications on the speech signal, such as duration expansion/contraction
(known as time-stretching) or conduct changing the fundamental frequency (the pitch).
This is done, by decomposing a speech signal into short-term and pitch-synchronous
analysis signals that are then repositioned on the time axis and juxtaposed progressively.
However, the signal in the recovery frame is destroyed after the overlapping mechanism,
when the pitch in the concealed frame and the pitch in the original signal differ. The TD-
PSOLA mechanism would just reposition the artefact on the time axes, what is not

suitable for recovery.

The object of the present invention is to provide improved concepts for audio signal
processing and decoding.

The object of the present invention is solved by an apparatus according to claim 1, by a
method according to claim 35 and by a computer program according to claim 36.

An apparatus for improving a transition from a concealed audio signal portion of an audio

signal to a succeeding audio signal portion of the audio signal is provided.

The apparatus comprises a processor being configured to generate a decoded audio
signal portion of the audio signal depending on a first audio signal portion and depending
on a second audio signal portion, wherein the first audio signal portion depends on the
concealed audio signal portion, and wherein the second audio signal portion depends on

the succeeding audio signal portion.

Moreover, the apparatus comprises an output interface for outputting the decoded audio

signal portion.

Each of the first audio signal portion and of the second audio signal portion and of the
decoded audio signal portion comprises a plurality of samples, wherein each of the

plurality of samples of the first audio signal portion and of the second audio signal portion
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and of the decoded audio signal portion is defined by a sample position of a plurality of
sample positions and by a sample value, wherein the plurality of sample positions is
ordered such that for each pair of a first sample position of the plurality of sample
positions and a second sample position of the plurality of sample positions, being different
from the first sample position, the first sample position is either a successor or a

predecessor of the second sample position.

The processor is configured to determine a first sub-portion of the first audio signal
portion, such that the first sub-portion comprises fewer samples than the first audio signal
portion.

The processor is configured to generate the decoded audio signal portion using the first
sub-portion of the first audio signal portion and using the second audio signal portion or a
second sub-portion of the second audio signal portion, such that for each sample of two or
more samples of the second audio signal portion, the sample position of said sample of
the two or more samples of the second audio signal portion is equal to the sample position
of one of the samples of the decoded audio signal portion, and such that the sample value
of said sample of the two or more samples of the second audio signal portion is different
from the sample value of said one of the samples of the decoded audio signal portion.

Moreover, a method for improving a transition from a concealed audio signal portion of an
audio signal to a succeeding audio signal portion of the audio signal. The method

comprises:

- Generating a decoded audio signal portion of the audio signal depending on a first
audio signal portion and depending on a second audio signal portion, wherein the
first audio signal portion depends on the concealed audio signal portion, and
wherein the second audio signal portion depends on the succeeding audio signal

portion. And:

- Outputting the decoded audio signal portion.

Each of the first audio signal portion and of the second audio signal portion and of the
decoded audio signal portion comprises a plurality of samples, wherein each of the
plurality of samples of the first audio signal portion and of the second audio signal portion
and of the decoded audio signal portion is defined by a sample position of a plurality of
sample positions and by a sample value, wherein the plurality of sample positions is

ordered such that for each pair of a first sample position of the plurality of sample
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positions and a second sample position of the plurality of sample positions, being different
from the first sample position, the first sample position is either a successor or a

predecessor of the second sample position,

Generating the decoded audio signal comprises determining a first sub-portion of the first
audio signal portion, such that the first sub-portion comprises fewer samples than the first
audio signal portion.

Moreover, generating the decoded audio signal portion is conducted using the first sub-
portion of the first audio signal portion and using the second audio signal portion or a
second sub-portion of the second audio signal portion, such that for each sample of two or
more samples of the second audio signal portion, the sample position of said sample of
the two or more samples of the second audio signal portion is equal to the sample position
of one of the samples of the decoded audio signal portion, and such that the sample value
of said sample of the two or more samples of the second audio signal portion is different
from the sample value of said one of the samples of the decoded audio signal portion.

Furthermore, a computer program is provided that is configured to implement the above-

described method when being executed on a computer or signal processor.

Some embodiments provide a recovery filter, a tool to smooth and repair the transition
from a lost frame to a first good frame in a (e.g., block-based) audio codec. According to
embodiments, the recovery filter can be used to fix the pitch change during the concealed
frame in the first good frame of a speech signal, but also to smooth the transition of a

noisy signal.

Inter alia, some embodiments are based on the finding that the length for signal
modification is limited, beginning from the last sample played out in the concealed frame
to the last sample of the first good frame. The length could be increased above the last
sample in the first good frame, but then this would risk an error propagation which would
be difficult to handle in future frames. Thus, a fast recovery is required. In order to repair
the speech characteristic in the case of a mismatch between the lost and recovered
frame, the pitch of the signal in the recovery frame should be changed siowly from the
pitch in the concealed frame to the pitch in the recovery frame while the restriction of the
signal modification length have to be kept. With the TD-PSOLA algorithm, this would only
be possible, if the pitch is changing by a multiple of an integer value. As this is a very rare

case, TD-PSOLA cannot be applied in such situations.
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In the following, embodiments of the present invention are described in more detail with

reference to the figures, in which:

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

1a

1c

1d

1e

11t

19

illustrates an apparatus for improving a transition from a concealed audio
signal portion of an audio signal to a succeeding audio signal portion of the

audio signal according to an embodiment.

illustrates an apparatus for improving a transition from a concealed audioc
signal portion of an audio signal to a succeeding audio signal portion of the
audio signal according to another embodiment implementing a pitch adapt

overlap concept.

illustrates an apparatus for improving a transition from a concealed audio
signal portion of an audio signal to a succeeding audio signal portion of the
audio signal according to another embodiment implementing an excitation

overlap concept.

ilustrates an apparatus for improving a transition from a concealed audio
signal portion of an audio signal to a succeeding audio signal portion of the
audio signal according to a further embodiment implementing energy
damping.

illustrates an apparatus according to a further embodiment, wherein the

apparatus further comprises a concealment unit.
illustrates an apparatus according to another embodiment, wherein the
apparatus further comprises an activation unit for activating the

concealment unit.

lustrates an apparatus according to a further embodiment, wherein the

activation unit is further configured to activate the processor.

illustrates a Hamming-cosine window according to an embodiment.

illustrates a concealed frame and a good frame according to such an

embodiment.



10

15

20

25

30

35

WO 2017/129270 PCT/EP2016/060776

Fig. 4 illustrates a generation of two prototypes implementing pitch adapt overlap

according to an embodiment. And:

Fig. 5 illustrates excitation overlap according fo an embodiment.

Fig. 6 illustrates a concealed frame and a good frame according fo an
embodiment.

Fig. 7a illustrates a system according to an embodiment.

Fig. 7b illustrates a system according to another embodiment.

Fig. 7c illustrates a system according to a further embodiment.

Fig. 7d illustrates a system according to a still further embodiment. And:

Fig. 7e illustrates a system according to another embodiment.

Fig. 1a illustrates an apparatus 10 for improving a transition from a concealed audio signal
portion of an audio signal to a succeeding audio signal portion of the audio signal

according to an embodiment.

The apparatus 10 comprises a processor 11 being configured to generate a decoded
audio signal portion of the audio signal depending on a first audio signal portion and
depending on a second audio signal portion, wherein the first audio signal portion
depends on the concealed audio signal portion, and wherein the second audio signal

portion depends on the succeeding audio signal portion.

In some embodiments, the first audio signal portion may, e.g., be derived from the
concealed audio signal portion, but may, e.g., be different from the concealed audio signal
portion, and/or the second audio signal portion may, e.g., be derived from the succeeding

audio signal portion, but may, e.qg., be different from the succeeding audio signal portion.

In other embodiments, the first audio signal portion may, e.qg., be (equal to) the concealed
audio signal portion, and the second audio signal portion may, e.g., be the succeeding

audio signal portion.
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Moreover, the apparatus 10 comprises an output interface 12 for outputting the decoded

audio signal portion.

Each of the first audio signal portion and of the second audio signal portion and of the
decoded audio signal portion comprises a plurality of samples, wherein each of the
plurality of samples of the first audio signal portion and of the second audio signal portion
and of the decoded audio signal portion is defined by a sample position of a plurality of
sample positions and by a sample value, wherein the plurality of sample positions is
ordered such that for each pair of a first sample position of the plurality of sample
positions and a second sample position of the plurality of sample positions, being different
from the first sample position, the first sample position is either a successor or a
predecessor of the second sample position.

For example, a sample is defined by a sample position and a sample value. For example,
the sample position may define an x-axis value (abscissa axis value) of the sample and
the sample value may define a y-axis value (ordinate axis value) of the same in a two-
dimensional coordinate system. Thus, considering a particular sample, all samples
located left of the particular sample within the two-dimensional coordinate system are
predecessors of the particular sample (because their sample position is smaller than the
sample position of the particular sample). All samples located right of the particular
sample within the two-dimensional coordinate system are successors of the particular
sample (because their sample position is greater than the sample position of the particular
sample).

The processor 11 is configured to determine a first sub-portion of the first audio signal
portion, such that the first sub-portion comprises fewer samples than the first audio signal

portion.

The processor 11 is configured to generate the decoded audio signal portion using the
first sub-portion of the first audio signal portion and using the second audio signal portion
or a second sub-portion of the second audio signal portion, such that for each sample of
two or more samples of the second audic signal portion, the sample position of said
sample of the two or more samples of the second audio signal portion is equal to the
sample position of one of the samples of the decoded audio signal portion, and such that
the sample value of said sample of the two or more samples of the second audio signal
portion is different from the sample value of said one of the samples of the decoded audio

signal portion.



10

15

20

25

30

35

WO 2017/129270 PCT/EP2016/060776

Thus, in some embodiments the processor 11 is configured to generate the decoded

audio signal portion using the first sub-portion and using the second audio signal portion.

in other embodiments, the processor 11 is to generate the decoded audio signal portion
using the first sub-portion and using a second sub-portion of the second audio signal
portion. The second sub-portion may comprise fewer samples than the second audio

signal portion.

Embodiments are based on the finding that it is beneficial to improve a transition from a
concealed audio signal portion of an audio signal to a succeeding audio signal portion of
the audio signal by modifying the samples of the succeeding audio signal portion and not
only by adjusting the samples of a concealed audio signal. By also modifying samples of a
correctly received frame, a transition from a concealed audio signal portion (e.g., of a
concealed audio signal frame) to a succeeding audio signal portion (e.g., of a succeeding

audio signal frame) can be improved.

So, the decoded audio signal portion is generated using the first and the second audio
signal portion, but the decoded audio signal portion (at least two or more) comprises
samples that are assigned to sample positions as samples of the second audio signal
portion (that depends on the succeeding audio signal portion) whose sample values differ.
That means that for these samples, the sample values of the corresponding samples are
not taken as they are, but are modified instead, to obtain the corresponding samples of

the decoded audio signal portion.

Regarding the first audio signal portion and the second audio signal portion, the processor
11 may, for example, receive the first audio signal portion and the second audio signal

portion.

Or, in another embodiment, for example, the processor 11 may, for example, receive the
concealed audio signal portion and may determine the first audio signal portion from the
concealed audio signal portion, and the processor 11 may, for example, receive the
succeeding audio signal portion and may determine the second audio signal portion from

the succeeding audio signal portion.

Or, in a further embodiment, for example, the processor 11 may, for example, receive
audio signal frames; the processor 11 may, for example, determine that a first frame got
lost or that the first frame is corrupted. The processor 11 may then conduct concealment

and may, e.g., generate the concealed audio signal portion according to state-of-the-art
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concepts. Moreover, the processor 11 may, e.q., receive a second audio signal frame and
may, obtain the succeeding audio signal portion from the second audio signal frame. Fig.

1e illustrates such an embodiment.

In some embodiments, the first audio signal portion may, for example, be a residual signal
portion of a first residual signal being a residual signal with respect to the concealed audio
signal portion. The second audio signal portion may, for example, in some embodiments,
be a residual signal portion of a second residual signal being a residual signal with respect

to the succeeding audio signal portion.

In Fig. 1e, the apparatus 10 further comprises a concealment unit 8 being configured to
conduct concealment for a current frame that is erroneous or that got lost to obtain the

concealed audio signal portion.

According to embodiments of Fig. 1e, the apparatus further comprises a concealment unit
8. The concealment unit 8 may, e.g., be configured to conduct concealment according to
the state-of-the art, if a frame gets lost or is corrupted. The concealment unit 8 then
delivers the concealed audio signal portion to the processor 11. In such an embodiment,
the concealed audio signal portion may, e.g., be a concealed audio signal portion for an
erroneous or lost frame for which concealment has conducted. The succeeding audio
signal portion may, e.g. be a succeeding audio signal portion of a (succeeding) audio
signal frame, for which no concealment has been conducted. The succeeding audio signal

frame, may, e.g., succeed the erroneous or lost frame in time.

Fig. 1f illustrates embodiments, wherein the apparatus 10 further comprises an activation
unit 6 that may, e.g., be configured to detect whether the current frame got lost or is
erroneous. For example, the activation unit 6 may, e.g., conclude that a current frame got
lost, if it does not arrive within a predefined time limit after the last received frame. Or, for
example, the activation unit may, e.g., conclude that the current frame got lost if a further
frame, e.g., a succeeding frame, arrives that has a greater frame number than the current
frame. An activation unit 6 may, e.qg., conclude that a frame is erroneous, if, e.g., a
received checksum or received check bits are not equal to a calculated checksum or to

calculated check bits, calculated by the aclivation unit.

The activation unit 6 of Fig. 1f may, e.g., be configured to activate the concealment unit 8
to conduct the concealment for the current frame, if the current frame got lost or is

erroneous.
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Fig. 1g illustrates embodiments, wherein the activation unit 6 may, e.g., be configured to
detect whether a succeeding frame arrives that is not erroneous, if the current frame got
lost or was erroneous. In the embodiment of Fig. 1g, the activation unit 6 may, e.g., be
configured to activate the processor (8) to generate the decoded audio signal portion, if
the current frame got lost or is erroneous and if the succeeding frame arrives that is not

erronecus.

Fig. 1b illustrates an apparatus 100 for improving a transition from a concealed audio
signal portion of an audio signal to a succeeding audio signal portion of the audio signal
according to another embodiment. The apparatus of Fig. 1b implements a pitch adapt
overlap concept.

The apparatus 1‘00 of Fig. 1b is a particular embodiment of the apparatus 10 of Fig. 1a.
The processor 110 of Fig. 1b is a particular embodiment of the processor 11 of Fig. 1a.
The output interface 120 of Fig 1b is a particular embodiment of the output interface 12 of
Fig. 1a.

In the embodiment of Fig. 1b, the processor 110 may, e.g., be configured to determine a
second prototype signal portion, being the second sub-portion of the second audio signal
portion, such that the second sub-portion comprises fewer samples than the second audio
signal portion.

The processor 110 may, e.g., be configured to determine one or more intermediate
prototype signal portions by determining each of the one or more intermediate prototype
signal portions by combining a first prototype signal portion, being the first sub-portion,
and the seccnd prototype signal portion.

In Fig. 1b, the processor 110 may, e.g., be configured to generate the decoded audio
signal portion using the first prototype signal portion and using the one or more

intermediate prototype signal portions and using the second prototype signal portion.

According to an embodiment, the processor 110 may, e.g., be configured to generate the
decoded audio signal portion by combining the first prototype signal portion and the one or

more intermediate prototype signal portions and the second prototype signal portion.

In an embodiment, the processor 110 is configured to determine a plurality of three or
more marker sample positions determine a plurality of three or more marker sample

positions, wherein each of the three or more marker sample positions is a sample position
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of at least one of the first audio signal portion and the second audio signal portion.
Moreover, the processor 110 is configured to choose a sample position of a sample of the
second audic signal portion which is a successor for any other sample position of any
other sample of the second audio signal portion as an end sample position of the three or
more marker sample positions. Furthermore, the processor 110 is configured to determine
a start sample position of the three or more marker sample positions by selecting a
sample position from the first audio signal portion depending on a correlation between a
first sub-portion of the first audio signal portion and a second sub-portion of the second
audio signal portion. Moreover, the processor 110 is configured to determine one or more
intermediate sample positions of the three or more marker sample positions depending on
the start sample position of the three or more marker sample positions and depending on
the end sample position of the three or more marker sample positions. Furthermore, the
processor 110 is configured to determine the one or more intermediate prototype signal
portions by determining for each of said one or more intermediate sample positions an
intermediate prototype signal portion of the one or more intermediate prototype signal
portions by combining the first prototype signal portion and the second prototype signal
portion depending on said intermediate sample position.

According to an embodiment, the processor 110 is configured to determine the one or
more intermediate prototype signal portions by determining for each of said one or more
intermediate sample positions an intermediate prototype signal portion of the one or more
intermediate prototype signal portions by combining the first prototype signal portion and

the second prototype signal portion according to

sigi = (1 — ) SiZppg + O * Siasr

where

i

o= - -
nrdf Marsers

wherein i is an integer, with 7 2 1, wherein nrOfMarkers is the number of the three or more
marker sample positions minus 1, wherein sig; is an i-th intermediate prototype signal
portion of the one or more intermediate prototype signal portion, wherein sig;,, is the first

prototype signal portion, wherein sig,,, is the second prototype signal portion.

in an embodiment, the processor 110 is configured o determine the one or more

intermediate sample positions of the three or more marker sample positions depending on
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& ; -
— 4 é}.g\}} i=1..nrdfMarkers—1

mark, = mark,_, + T, + Floor {\d
SNEs

or depending on

g z

&
mark; = mark,,  — T, — fiaﬂ"r'{d 4 + &5)

i
ta S

I =nrO0fMarkers—1..1,j=1.nr0fMarkers—1

wherein nrOfMarkers = war@% 0.5) ,

wherein @ = %1~ {xp tnrOfMarkers-T,)

wherein  div — nrOf i arisrs (o0 f M arkerss 1)
z H

wherein i is an integer, with i 2 1, wherein nrOfMarkers is the number of the three or more
marker sample positions minus 1, wherein mark; is the i-th intermediate sample position of
the three or more marker sample positions, wherein mark., is the i-1 -th intermediate
sample position of the three or more marker sample positions, wherein mark;., is the
i+1 -th intermediate sample position of the three or more marker sample positions,
wherein x, is the start sample position of the three or more marker sample positions,
wherein x; is the end sample position of the three or more marker sample positions, and

wherein 7. indicates a pitch lag.

According to an embodiment, the processor 110 is configured to determine the first audio
signal portion depending on the concealed audio signal portion and depending on a
plurality of third filter coefficients, wherein the plurality of third filter coefficients depends
on the concealed audic signal portion and on the succeeding audio signal portion, and
wherein the processor 110 is configured to determine the second audio signal portion
depending on the succeeding audio signal portion and on the plurality of third filter

coefficients.

In an embodiment, the processor 110 may, e.g., comprise a filter, wherein the processor
110 is configured to apply the filter with the third filter coefficients on the concealed audio

signal portion to obtain the first audio signal portion, and wherein the processor 110 is
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configured to apply the filter with the third filter coefficients on the succeeding audio signal
portion to obtain the second audio signal portion.

According to an embodiment, the processor 110 is configured to determine a plurality of
first filter coefficients depending on the concealed audio signal portion, wherein the
processor 110 is configured to determine a plurality of second filter coefficients depending
on the succeeding audio signal portion, wherein the processor 110 is configured to
determine each of the third filter coefficients depending on a combination of one or more

of the first filter coefficients and one or more of the second filter coefficients.

In an embodiment, the filter coefficients of the plurality of first filter coefficients and of the
plurality of second filter coefficients and of the plurality of third filter coefficients are Linear
Predictive Coding parameters of a Linear Predictive Filter.

According to an embodiment, the processor 110 is configured to determine each filter
coefficient of the third filter coefficients according to the formula:

A=05" Aeone + 0.5 Agood

wherein 4 indicates a filter coefficient value of said filter coefficient, wherein A4.,,. indicates
a coefficient value of a filter coefficient of the plurality of first filter coefficients, and wherein
Agooa indicates a coefficient value of a filter coefficient of the plurality of second filter

coefficients.

In an embodiment, the processor 110 is configured to apply a cosine window defined by

¢ 2ax
0.54— 0.46 - cos| . x=0.x-1
v *«23}-1_ 1’
wix) =1 .
S t ;zmﬁ—?{li) N . 4 1
LRy X = ¥ ...X Koo
1 Ay, —1 JRSEES | P

on the concealed audio signal portion to obtain a concealed windowed signal portion,
wherein the processor 110 is configured to apply said cosine window on the succeeding
audio signal portion to obtain a succeeding windowed signal portion, wherein the
processor 110 is configured to determine the plurality of first filter coefficients depending
on the concealed windowed signal portion, wherein the processor 110 is configured to

determine the plurality of second filter coefficients depending on the succeeding
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windowed signal portion, and wherein each of x and x; and x, is a sample position of the

plurality of sample positions.

According to an embodiment, the processor 110 may, e.g., be configured to select as said
first prototype signal portion, a sub-portion of a plurality of sub-portion candidates of the
first audio signal portion depending on a plurality of correlations of each sub-portion of the
plurality of sub-portion candidates of the first audio signal portion and of said second sub-
portion of the second audio signal portion. The processor 110 may, e.g., be configured to
select, as the start sample position of the three or more marker sample positions, a
sample position of the plurality of samples of said first prototype signal portion which is a
predecessor for any other sample position of any other sample of said first prototype
signal portion.

In an embodiment, the processor 110 may, e.g., be configured to select as said first
prototype signal portion, the sub-portion of said sub-portion candidates, the correlation of
which with said second sub-portion has a highest correlation value among said plurality of

correlations.

According to an embodiment, the processor 110 is configured to determine for each
correlation of the plurality of correlations a correlation value according to the formula,
Tg

&

T{El‘f’rnms - i) T‘(_L‘fpﬂa;«ng e L‘a}

¥

1]

\ 2 2
=1 ,@T{:Eif rameE 7} T{Lf:rama —i- é’}

wherein Lz, indicates a number of samples of the second audio signal portion being
equal to a number of samples of the first audio signal portion, wherein #(2 Liane — 1)
indicates a sample value of a sample of the second audio signal portion at a sample
position 2 Ljgme — i, wherein r{ Liame — 1 — A) indicates a sample value of a sample of the
first audio signal portion at a sample position Lgjeme — I — A, wherein for each of the
plurality of correlations of a sub-portion candidate of the plurality of sub-portion candidates
and of said second sub-portion, A indicates a number and depends on said sub-portion

candidate.

Pitch adapt overlap is used to compensate pitch differences that could appear between
the pitch of the beginning of the first good decoded frame after a frame loss and the pitch
at the end of the frame concealed with TD PLC. The signal is operating in the LPC

domain, to smooth the constructed signal in the end of the algorithm with a LPC synthesis
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filter. In the LPC domain, the instant with the highest similarity is found by a cross
correlation as explained below and the pitch of the signal is slowly evolved from the last
pitch lag T'_ to the new cne T, to avoid abrupt pitch changes.

In the following, pitch adapt overlap according to particular embodiments is described.

An apparatus or a method according to such embodiments, may, for example, be realized

as follows:

Calculate 16 order LPC parameters A, and Agoog ON pre-emphased concealed signal
5(0: Lypgms — 1) and first good frame s{Lypgme 2L¢rame — 1) respectively with a Hamming-

cosine window, for example, a Hamming cosine window of the following form:

0,54«—{}.46'503{2x 1}, x=0.x—1
Fr

wix) = 1 (zﬁ {x — xi}) N |
os|————], A =XywxyFry—
% 4‘3:2 —1

where x4y = 200 and x; = 40 for a frame length of 480 samples.

Fig. 2 illustrates such a Hamming-cosine window according to an embodiment. The shape
of the window may, e.g., be designed in such a way that the last signal samples of the

signal part have the highest influence in the analysis.

Do interpolation in LSP-domain to get 4 = 0.5+ Ao+ 0.5 - 4,000

Calculate LPC residual signals with A in concealed frame:

[t

f ey A0 RV Y e 3 — T F o
rmx) = p A{k)-s{x —kj, X=2 Lepnme Tyl Lerame



10

15

20

25

30

WO 2017/129270 PCT/EP2016/060776
16

Find the instant x;, which represents the maximal similarity between the end of the

concealed frame and the end of the good frame x4 being ZLsygme — 1.

Fig. 3 illustrates a concealed frame and a good frame according to such an embodiment.

Getting x¢ is done by maximize the normalized cross-correlation:

7 -.
5 T(E}“f?’“mnﬁ - E} T{,Lframa —i— lﬁ}

., A=0..T,

L | W2 2
=1 ijr(ZLfmﬂw - i} T{Lfrmns —i- ’ﬂ‘)

Usually the normalization is done at the end of the correlation: for example in pitch search,
the normalization is done after the correlation when a pitch value is already found.

The normalization is done here during the correlation, to be robust against energy
fluctuations between the signals. For complexity reasons, the normalization terms are

calculated on an update scheme. Only for the initial value
normy = Ejﬁarfﬁfm,m —1i— A}_

with A = 0, the full dot products may, e.g., be calculated. For the next increment of 4, the

term may, e.g., be updated as follows:
normy = normaey + Mliame = Ty —4) —T{Lipame — 4}, A=1.T;

To slowly evolve the pitch lag from the last one T, (x;) to the new one T, (x4), the instants

mark in between have 1o be set, where

marky = Xg

. —
T 0 fitariers = X1

o . - s Ty -
nrOfMarkers = floor{——+ 0.5}

iz

If nr@fMariers is lower than one or higher than 12, the algorithm switches to energy

damping. Otherwise, if & = 8and 7. =< T, or §d <0and T, > T,, where
s g > g

o

§ = xq — {xp+nrOfidarkers-T,;
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and

ne0 FM arkers inrld fMarkerst 1)

2

2

the markers are calculated from left to right as follow:

g-i
mark, = mark,_, + T, +f£ee:rr<d + 0. 5} i=1..mrOFfMarkers—1

v

otherwise, the markers are built from right to left:

mark;, = mark;,4 — T. — floor <—-T Q0. 5} ;
2

I =nrOfMarkers —1 ..1,j=1..mrO0f Markers—1

It should be noted that nrOfMarkers is the number of all markers minus 1. Or expressed in
a different way, nrOfMarkers is the number of all marker sample positions minus 1,
because x; = marky and x; = markaomarkers are also markers / marker sample positions.
For example, if nrOfMarkers = 4, then there are 5 markers / 5 marker sample positions,

namely marky, marky, mark,, marks and mark,,

For the synthesized signal, cutting-out input segments are windowed and set around the
instants mark. (the segments are shift in time to be centered on the instant mark). To

slowly smooth from the concealed signal shape to the overlap-free good signal, the
segments will be a linear combination of the two not overlapping parts: being the end of
the concealed frame and the end of the good frame. Hereinafter referred to as prototypes

Sig_/irsr and Sig/a.\'/-

The length len of the prototypes is twice the smallest marker distance minus 1, to prevent

possible energy increases in the overlap add synthesis operation. If the distance between
two markers is not between 7, and T, this would lead to problems at the borders. (Thus,

in a particular embodiment, an algorithm may, e.g., abort in these cases and may, e.g.,

switch to energy damping. Energy damping will be described below.)

The prototypes are cut out from the excitation signal »{x} with the lengths T. and T, in
such a way, that x. and x4 are set on the mid points of sig,,,, and sig,,, (see step 1 in Fig.

4). Then, they are circularly extended, to reach the length len (see step 2 in Fig. 4).



10

15

20

25

30

35

WO 2017/129270 PCT/EP2016/060776
18

Afterwards, they are windowed with a hann window (see step 3 in Fig. 4), to avoid

artefacts in the overiap regions.

The prototype for the marker { is calculated as follows (see step 4 in Fig. 4):

sigi = (1 —a) * Sigpqe T 00 Siay

where

i
a =
nrdfMarkers

Then, the prototypes are set with the mid point at the corresponding marker positions and
added up (see step 5 in Fig. 4).

Finally, the constructed signal is first filtered with the LPC synthesis filter with the filter
parameters 4 and then filtered with the de-emphasis filter to be back in the original signal

domain.

The signal is crossfaded with the original decoded signal, to prevent artefacts on the

frame borders.

Fig. 4 illustrates a generation of two prototypes according to such an embodiment.

For safety reason, energy damping, e.g., as described below, should be applied on the
crossfaded signal to remove the risk of energy high increases in the recovery frame.

Regarding the cut out of the prototypes for x: and x; mentioned above, x; and x; are the

points-in-time, when both residual signals have highest similarity. sigs., and siguy, the
prototypes for x; and x4, have len = “twice the smallest marker distance minus 17. Thus,

the length is always odd, which results in that sigs., and sig., have one midpoint. The

residual signals with length 7. (of the concealed frame) and with length 7, (of the good
frame) are now placed such that x is located on the midpoint of sigg.,, and such that x4 is

located on the midpoint of sig,,. Afterwards they may be circularly extended to fill all
samples from 1 to len of sigg., and sig.

In the following, excitation overlap according {o embodiments is described.
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Fig. 1c illustrates an apparatus 200 for improving a transition from a concealed audio
signal portion of an audio signal to a succeeding audio signal portion of the audio signal
according to another embodiment. The apparatus of Fig. 1¢ implements an excitation

overlap concept.

The apparatus 200 of Fig. 1c is a particular embodiment of the apparatus 10 of Fig. 1a.
The processor 210 of Fig. 1c is a particular embodiment of the processor 11 of Fig. 1a.
The output interface 220 of Fig 1c is a particular embodiment of the output interface 12 of
Fig. 1a.

In Fig. 1c, the processor 210 may, e.g., be configured to generate a first extended signal
portion depending on the first sub-portion, so that the first extended signal portion is
different from the first audio signal portion, and so that the first extended signal portion
has more samples that the first sub-portion.

Furthermore, the processor 210 of Fig. 1c may, e.g., be configured to generate the
decoded audio signal portion using the first extended signal portion and using the second
audio signal portion.

According to an embodiment, the processor 210 is configured to generate the decoded
audio signal portion by conducting crossfading of the first extended signal portion with the

second audio signal portion to obtain a crossfaded signal portion.

In an embodiment, the processor 210 may, e.g., be configured to generate the first sub-
portion from the first audio signal portion such that a length of the first sub-portion is equal
to a pitch lag of the first audio signal portion (7).

According to an embodiment, the processor 210 may, e.g., be configured to generate the
first extended signal portion such that a number of samples of the first extended signal
portion is equal to the number of samples of said pitch lag of the first audio signal portion
plus a number of samples of the second audio signal portion (7, + number of samples of

second audio signal portion).

In an embodiment, the processor 210 may, e.g., be configured to determine the first audio
signal portion depending on the concealed audio signal portion and depending on a
plurality of filter coefficients, wherein the plurality of filter coefficients depends on the

concealed audio signal portion. Moreover, the processor 210 may, e.g., be configured to
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determine the second audio signal portion depending on the succeeding audio signal

portion and on the plurality of filter coefficients.

According to an embodiment, the processor 210 may, e.g., comprise a filter. Moreover,
the processor 210 may, e.g., be configured to apply the filter with the filter coefficients on
the concealed audio signal portion to obtain the first audio signal portion. Furthermore, the
processor 210 may, e.g., be configured to apply the filter with the filter coefficients on the
succeeding audio signal portion to obtain the second audio signal portion.

In an embodiment, the filter coefficients of the plurality of filter coefficients may, e.g., be
Linear Predictive Coding parameters of a Linear Predictive Filter.

According to an embodiment, the processor 210 may, e.g., be configured to apply a

cosine window defined by

, » C dmx
0.54—046-cos(——),  x=0.x—1
Y{, } _ .i.x:L - j.z
wix) = (Zn{x - xﬁ) N 1
oy | —————= |, X=Xy Xy X —
e, 1 i

on the concealed audio signal portion to obtain a concealed windowed signal portion. The
processor 210 may, e.g., be configured to determine the plurality of filter coefficients
depending on the concealed windowed signal portion, wherein each of x and x; and x, is a

sample position of the plurality of sample positions.

Fig. 5 illustrates excitation overlap according to such an embodiment.

An apparatus implementing excitation overlap is doing a crossfading in the excitation
domain between a forward repetition of the concealed frame with the decoded signal to

slowly smooth between the two signals.

An apparatus or a method according o such embodiments, may, for example, be realized

as follows:

First, a 16 order LPC Analysis is done on the pre-emphased end of the previous frame
(see step 1 in Fig. 5) with a hamming-cosine window same as done in the pitch adapt

overlap method.
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The LPC filter is applied to get the excitation signals in the concealed frame and the first

good frame (see step 2 in Fig. 5)

To build the recovery frame, the last Tc samples of the excitation of the concealed frame
are forward repeated to create on full frame length (see step 3 in Fig. 5). This will be used
to be overlapped with the first good frame

The extended excitation is than crossfaded with the excitation in the first good frame (see

step 4 in Fig. 5)

Afterwards, the LPC synthesis is applied on the crossfaded signal (see step 5 in Fig. 5)
with the memories being the last pre-emphased samples of the concealed frame, to

smooth the transition between concealed and first good frame

Finally, the de-emphasis filter is applied on the synthesized signal (see step 6 in Fig. 5) to
get the signal back in the original domain

The new constructed signal is crossfaded with the original decoded signal (see step 7 in

Fig. 5), to prevent artefacts at the frame borders.

In the following, energy damping according to embodiments is described.

Fig. 1d illustrates embodiments, wherein the first audio signal portion is the concealed
audio signal portion, wherein the second audio signal portion is the succeeding audio

signal portion.

The apparatus 300 of Fig. 1d is a particular embodiment of the apparatus 10 of Fig. 1a.
The processor 310 of Fig. 1d is a particular embodiment of the processor 11 of Fig. 1a.
The output interface 320 of Fig 1d is a particular embodiment of the output interface 12 of

Fig. 1a.

The processor 310 of Fig. 1d may, e.g., be configured to determine a first sub-portion of
the concealed audio signal portion, being the first sub-portion of the first audio signal
portion, such that the first sub-portion comprises one or more of the samples of the
concealed audio signal portion, but comprises fewer samples than the concealed audio
signal portion, and such that each sample position of the samples of the first sub-portion is
a successor of any sample position of any sample of the concealed audio signal portion

that is not comprised by the first sub-portion.
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Moreover, the processor 310 of Fig. 1d may, e.g., be configured to determine a third sub-
portion of the succeeding audio signal portion, such that the third sub-portion comprises
one or more of the samples of the succeeding audio signal portion, but comprises fewer
samples than the succeeding audio signal portion, and such that each sample position of
each of the samples of the third sub-portion is a successor of any sample position of any
sample of the succeeding audio signal portion that is not comprised by the third sub-
portion.

Furthermore, the processor 310 of Fig. 1d may, e.g., be configured to determine a second
sub-portion of the succeeding audio signal portion, being the second sub-portion of the
second audio signal portion, such that any sample of the succeeding audio signal portion
which is not comprised by the third sub-portion is comprised by the second sub-portion of
the succeeding audio signal portion.

In the embodiments according to Fig. 1d, the processor 310 may, e.g., be configured to
determine a first peak sample from the samples of the first sub-portion of the concealed
audio signal portion, such that the sample value of the first peak sample is greater than or
equal to any other sample value of any other sample of the first sub-portion of the
concealed audio signal portion. The processor 310 of Fig. 1d may, e.g., be configured to
determine a second peak sample from the samples of the second sub-portion of the
succeeding audio signal portion, such that the sample value of the second peak sample is
greater than or equal to any other sample value of any other sample of the second sub-
portion of the succeeding audio signal portion. Moreover, the processor 310 of Fig. 1d
may, e.g., be configured to determine a third peak sample from the samples of the third
sub-portion of the succeeding audio signal portion, such that the sample value of the third
peak sample is greater than or equal to any other sample value of any other sample of the

third sub-portion of the succeeding audio signal portion.

if and only if a condition is fulfilled, the processor 310 of Fig. 1d may, e.g., be configured
to modify each sample value of each sample of the succeeding audio signal portion that is

a predecessor of the second peak sample, to generate the decoded audio signal portion.

The condition may, e.g., be that both the sample value of the second peak sample is
greater than the sample value of the first peak sample and that the sample value of the

second peak sample is greater than the sample value of the third peak sample.
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Or, the condition may, e.g., be that both a first ratio between the sample value of the
second peak sample and the sample value of the first peak sample is greater than a first
threshold value, and a second raiio between the sample value of the second peak sample

and the sample value of the third peak sample is greater than a second threshold value.

According to an embodiment, the condition may, e.g., be that both the sample value of the
second peak sample is greater than the sample value of the first peak sample and that the
sample value of the second peak sample is greater than the sample value of the third

peak sample.

In an embodiment, the condition may, e.g., be that both the first ratio is greater than the

first threshold value, and the second ratio is greater than the second threshold value.

According to an embodiment, the first threshold value may, e.g., be greater than 1.1, and
the second threshold value may, e.g., be greater than 1.1.

In an embodiment, the first threshold value may, e.g., be equal to the second threshold

value.

According to an embodiment, if and only if the condition is fulfilled, the processor 310
may, e.g., be configured to modify each sample value of each sample of the succeeding

audio signal portion that is a predecessor of the second peak sample according to

Smod[ﬁed(Lframe + i) = s(Lframe + i) 7

wherein Lframe indicates a sample position of a sample of the succeeding audio signal
portion which is a predecessor for any other sample position of any other sample of the

succeeding audio signal portion,

wherein Lframe + / is an integer indicating the sample position of the i/ + 1 -th sample of

the succeeding audio signal portion,

wherein 0 =7 = /max — 1, wherein [ __— 1 indicates a sample position of the second peak

sample,

wherein s(Lframe + 1) is a sample value of the i + 1 -th sample of the succeeding audio

signal portion before being modified by the processor 310,
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wherein syoqmes{ Lirame + 1) is a sample value of the i + 1 -th sample of the succeeding

audio signal portion after being modified by the processor 310,
wherein 0 < g; < 1.

In an embodiment,

max (Esmax»‘ Egm aa:,} 1
g, = max i+ 1

' I —1

TIRX

wherein E.,. is the sample value of the first peak sample, wherein £, is the sample
value of the second peak sample, and wherein £,,,,, is the sample value of the third peak

sample.

According to an embodiment, if and only if the condition is fulfilled, the processor 310
may, e.g., be configured to modify a sample value of each sample of two or more samples
of the plurality of samples of the succeeding audio signal portion which are successors of

the second peak sample, to generate the decoded audio signal portion according to

Smodiﬁed(]n/la)C + k) = s(Imax+ k)05 .

wherein Imax + k is an integer indicating the sample position of the fmax +k + 1 -th

sample of the succeeding audio signal portion.

Fig. 6 is a further illustration of a concealed frame and a good frame according to an
embodiment. Inter alia, Fig. 6 illustrates the concealed audio signal portion, the
succeeding audio signal portion, the first sub-portion, the second sub-portion and the third

sub-portion.
Energy damping is used to remove high energy increases in the overlapping part of the
signal between the last concealed frame and the first good frame. This is done by slowly

damping the signal region o a peak amplitude value.

An approach according to an embodiment may, for example, be implemented as follows:
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Find maximum amplitude values in:

the last T, samples of the previous concealed frame: £ o

o the last T; samples in the first good frame: E g,

and in between these region: Epyas

Ezmax i1 the first peak sample, Ey,., is the second peak sample and Egp,q.

is the third peak sample.

s The decoded signal in the first good frame will then be damped, if

£

cmayr

E =&

mon Max

In other embodiments, the first good frame will be damped, if

E
(2 > thresholdV aluel

cmax

E
and "> thresholdValue? )

gmax

Forexample, 1.1 < thresholdValuel <4 and 1.1 < thresholdValue? < 4

e The firs

= L.
=L frameti

t part of the decoded signal will be damped as follows:

= SL‘ff'ﬁms'g'{' N i=10 ""{?Tlﬂjf —1

where I is theindex of £, ___ and
M (E pugeer Egmas ) —q
£
2t = 50 "
Cf.i — YaX i1
I —1

THET

e The second part will be damped as follows:

— . P _ 7 -
Slhoge i T Sfmgz-—“ s 1=40 mi‘f?*a?ns {max 1
where

e { E E h!

AN Eemans Sgmax ) .

—_ d - 1
a, = Emﬂ;x- i+ FIEEL { Ecma_af Egmfr }
E‘fn‘:? e Iﬂa:{ —1 Emct
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in preferred embodiments, for safety reason, energy damping may, e.g., be applied on the
crossfaded signal to remove the risk of energy high increases in the recovery frame.

Now, combinations of the different improved transition concepts according to

embodiments are provided.

Fig. 7a illustrates system for improving a transition from a concealed audio signal portion
of an audio signal to a succeeding audio signal portion of the audio signal according to an

embodiment.

The system comprises a switching module 701, an apparatus 300 for implementing
energy damping as described above with reference to Fig. 1d and an apparatus 100 for
implementing pitch adapt overlap as described above with reference to Fig. 1b.

The switching module 701 is configured to choose, depending on the concealed audio
signal portion and depending on the succeeding audio signal portion, one of the apparatus
300 for implementing energy damping and of the apparatus 100 for implementing pitch
adapt overlap for generating the decoded audio signal portion.

Fig. 7b illustrates system for improving a transition from a concealed audio signal portion
of an audio signal to a succeeding audio signal portion of the audio signal according to

another embodiment.

The system comprises a switching module 702, an apparatus 300 for implementing
energy damping as described above with reference to Fig. 1d and an apparatus 200 for

implementing excitation overlap as described above with reference to Fig. 1c.

The switching module 702 is configured to choose, depending on the concealed audio
signal portion and depending on the succeeding audio signal portion, one of the apparatus
300 for implementing energy damping and of the apparatus 200 for implementing

excitation overlap for generating the decoded audio signal portion.

Fig. 7c illustrates system for improving a transition from a concealed audio signal portion
of an audio signal to a succeeding audio signal portion of the audio signal according to a

further embodiment.
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The system comprises a switching module 703, an apparatus 100 for implementing piich
adapt overlap as described above with reference to Fig. 1b and an apparatus 200 for

implementing excitation overlap as described above with reference to Fig. 1c.

The switching module 703 is configured to choose, depending on the concealed audio
signal portion and depending on the succeeding audio signal portion, one of the apparatus
100 for implementing pitch adapt overlap and of the apparatus 200 for implementing
excitation overlap for generating the decoded audio signal portion.

Fig. 7d illustrates system for improving a transition from a concealed audio signal portion
of an audio signal to a succeeding audio signal portion of the audio signal according to a
still further embodiment.

The system comprises a switching module 701, an apparatus 300 for implementing
energy damping as described above with reference to Fig. 1d, an apparatus 100 for
implementing pitch adapt overlap as described above with reference to Fig. 1b, and an
apparatus 200 for implementing excitation overlap as described above with reference to
Fig. 1c.

The switching module 701 is configured to choose, depending on the concealed audio
signal portion and depending on the succeeding audio signal portion, one of the apparatus
300 for implementing energy damping and of the apparatus 100 for implementing pitch
adapt overlap and of the apparatus 200 for implementing excitation overlap for generating

the decoded audio signal portion.

According 1o embodiments, the switching module 704 may, e.g., be configured to
determine whether or not at least one of the concealed audio signal frame and the
succeeding audio signal frame comprises speech. Moreover, the swiiching module 704
may, €.g., be configured to choose the apparatus 300 for implementing energy damping
for generating the decoded audio signal portion, if the concealed audio signal frame and

the succeeding audio signal frame do not comprise speech.

In embodiments, the switching module 704 may, e.g., be configured to choose said one of
the apparatus 100 for implementing pitch adapt overlap and of the apparatus 200 for
implementing excitation overlap and of the apparatus 300 for implementing energy
damping for generating the decoded audio signal portion depending on a frame length of
a succeeding audic signal frame and depending on at least one of a pitch of the

concealed audio signal portion or a pitch of the succeeding audio signal portion, wherein
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the succeeding audio signal portion is an audio signal portion of the succeeding audio

signal frame.

Fig. 7e illusirates system for improving a transition from a concealed audio signal portion
of an audio signal to a succeeding audio signal portion of the audio signal according to a
further embodiment.

As in Fig. 7c, the system of Fig. 7e comprises a switching module 703, an apparatus 100
for implementing pitch adapt overlap as described above with reference to Fig. 1b and an
apparatus 200 for implementing excitation overlap as described above with reference to
Fig. 1c.

The switching module 703 is configured to choose, depending on the concealed audio
signal portion and depending on the succeeding audio signal portion, one of the apparatus
100 for implementing pitch adapt overlap and of the apparatus 200 for implementing
excitation overlap for generating the decoded audio signal portion.

Moreover, the system of Fig. 7e further comprises an apparatus 300 for implementing
energy damping as described above with reference to Fig. 1d.

The switching module 703 of Fig. 7e may, e.g., be configured to choose, depending on
the concealed audio signal portion and depending on the succeeding audio signal portion,
said one of the apparatus 100 for implementing pitch adapt overlap and of the apparatus

200 for implementing excitation overlap to generate an intermediate audio signal portion,

In the embodiment of Fig. 7e, the apparatus 300 for implementing energy damping may,
e.q., be configured to process the intermediate audio signal portion to generate the

decoded audio signal portion.

Now, particular embodiments are described. In particular, concepts for particular

implementations of the switching modules 701, 702, 703 and 704 are provided.

For example, a first embodiment providing a combination of different improved fransition

concepts may, e.g., be employed for any transform domain codec:

The first step is to detect if the signal is speech like with a prominent pitch (example are

clean speech items, speech with background noise or speech over music) or not.
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If the signal is speech like then
o find Pitch 7, in last concealed frame
o find Pitch Ty in first good frame
o if energy increase in overlap part with last concealed frame
= if pitch of good frame differs with concealed pitch more than 3 samples
-> do recovery filter
= else
- do energy damping
e otherwise

-> do energy damping

If recovery filter is chosen above then:

 if concealed pitch 7. or good pitch 7y is higher than frame length L ame
- do energy damping

e else if concealed pitch or good pitch is higher than half frame length and the
normalized cross correlation value xCorr is smaller than a threshold
-> do excitation overlap

e else if concealed pitch or good pitch is lower than half frame length
-> apply pitch adapt overlap

For example, at first, the concealed frame is tested for the existence of speech (whether
speech exists may, e.g., be seen from the concealment technique). Later on, the good
frame may, e.g., also be tested for the presence of speech, e.g., using the normalized

cross correlation value xCorr.

The overlap part mentioned above may, e.g., be the 2" sub-portion illustrated, for
example, in Fig. 6, that means the overlap part is the good frame from the first sample up

to sample “Frame length minus 7,".

Now, a second embodiment providing a combination of different improved transition
concepts is provided. Such a second embodiment may, e.g., be employed for the AAC-
ELD codec where the two frame error concealment methods are a time-domain and a

freqguency-domain method.

The time-domain method is synthesizing the lost frame with a pitch extrapolation
approach and is called TD PLC (see [8]).
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The frequency-domain method is the state of the art concealment method for the AAC-
ELD codec called Noise Substitution (NS), which is using a sign scrambled copy of the
previous good frame.

In the second embodiment, a first division is made dependent on last concealment
method:

o If last frame was concealed with TD PLC:
o find Pitch in first good frame
o if energy increase in overlap part with last concealed frame
= if pitch of good frame differs with concealed pitch more than 3
samples
—> do recovery filter
= else
-> do energy damping
s if last frame was concealed with NS:

> do energy damping

Moreover, in the second embodiment, a second division is made in the recovery filter as
follows:

 if concealed pitch T, (pitch in the last frame that was concealed) or good pitch T
(pitch in the first good frame) is higher than frame length Le,gme

= do energy damping

e if concealed pitch or good pitch is higher than half frame length and the normalized
cross correlation value xCorr is smaller than a threshold
=% do excitation overlap

e if concealed pitch or good pitch is lower than half frame length

= apply pifch adapt overlap
A plurality of embodiments have been provided.
According to embodiments, a filter for improving a transition between a concealed lost
frame of a transform-domain coded signal and one or more frames of the transform-

domain coded signal succeeding the concealed lost frame is provided.

In embodiments, the filter may, e.g., be further configured according to the above
description.
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According to embodiments, at transform-domain decoder comprising a filter according to

one of the above-described embodiments is provided.

Moreover, a method performed by a transform-domain decoder as described above is

provided.

Furthermore, a computer program for performing a method as described above is

provided.

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, one or more of

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

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software or at least partially in hardware or at least partially
in software. The implementation can be performed using a digital storage medium, for
example a floppy disk, a DVD, a Blu-Ray, a CD, a ROM, a PROM, an EPROM, an
EEPROM or a FLASH memory, having electronically readable control signals stored
thereon, which cooperate (or are capable of cooperating) with a 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.
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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-transitory.

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

Internet.

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

described herein.

A further embodiment comprises a computer having instailed 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.
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The apparatus described herein may be implemented using a hardware apparatus, or

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

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

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

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

herein.
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Claims

An apparatus (10; 100; 200; 300) for improving a transition from a concealed audio
signal portion of an audio signal to a succeeding audio signal portion of the audio

signal, wherein the apparatus (10; 100; 200; 300) comprises:

a processor (11; 110; 210; 310) being configured to generate a decoded audio
signal portion of the audic signal depending on a first audio signal portion and
depending on a second audio signal portion, wherein the first audio signal portion
depends on the concealed audio signal portion, and wherein the second audio

signal portion depends on the succeeding audio signal portion, and

an output interface (12; 120; 220; 320) for outputting the decoded audio signal

portion,

wherein each of the first audio signal portion and of the second audio signal
portion and of the decoded audio signal portion comprises a plurality of samples,
wherein each of the plurality of samples of the first audio signal portion and of the
second audio signal portion and of the decoded audio signal portion is defined by a
sample position of a plurality of sample positions and by a sample value, wherein
the plurality of sample positions is ordered such that for each pair of a first sample
position of the plurality of sample positions and a second sample position of the
piurality of sample positions, being different from the first sample position, the first
sample position is either a successor or a predecessor of the second sample

position,

wherein the processor (11; 110; 210; 310) is configured 1o determine a first sub-
portion of the first audio signal portion, such that the first sub-portion comprises

fewer samples than the first audio signal portion, and

wherein the processor (11; 110; 210; 310) is configured to generate the decoded
audio signal portion using the first sub-portion of the first audio signal portion and
using the second audio signal portion or a second sub-portion of the second audio
signal portion, such that for each sample of two or more samples of the second
audio signal portion, the sample position of said sample of the two or more
samples of the second audio signal portion is equal to the sample position of one
of the samples of the decoded audio signal portion, and such that the sample

value of said sample of the two or more samples of the second audio signal portion
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is different from the sample value of said one of the samples of the decoded audio

signal portion.

An apparatus {100) according fo claim 1,

wherein the processor (110) is configured to determine a second prototype signal
portion, being the second sub-portion of the second audio signal portion, such that
the second sub-portion comprises fewer samples than the second audio signal

portion, and

wherein the processor (110) is configured to determine one or more intermediate
prototype signal portions by determining each of the one or more intermediate
prototype signal portions by combining a first prototype signal portion, being the
first sub-portion, and the second prototype signal-portion,

wherein the processor (110) is configured to generate the decoded audio signal
portion using the first prototype signal portion and using the one or more
intermediate prototype signal portions and using the second prototype signal
portion.

An apparatus (100) according to claim 2, wherein the processor (110) is configured
to generate the decoded audio signal portion by combining the first prototype
signal portion and the one or more intermediate prototype signal portions and the

second prototype signal portion.

An apparatus (100) according to claim 2 or 3,

wherein the processor (110) is configured to determine a plurality of three or more
marker sample positions, wherein each of the three or more marker sample
positions is a sample position of at least one of the first audio signal portion and

the second audio signal portion,

wherein the processor (110) is configured to choose a sample position of a sample
of the second audio signal portion which is a successor for any other sample
position of any other sample of the second audio signal portion as an end sample

position of the three or more marker sample positions,
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wherein the processor (110) is configured to determine a start sample position of
the three or more marker sample positions by selecting a sample position from the
first audio signal portion depending on a correlation between a first sub-portion of
the first audio signal portion and a second sub-portion of the second audio signal

portion,

wherein the processor (110) is configured to determine one or more intermediate
sample positions of the three or more marker sample positions depending on the
start sample position of the three or more marker sample positions and depending
on the end sample position of the three or more marker sample positions, and

wherein the processor (110) is configured to determine the one or more
intermediate prototype signal portions by determining for each of said one or more
intermediate sample positions an intermediate prototype signal portion of the one
or more intermediate prototype signal portions by combining the first prototype
signal portion and the second prototype signal portion depending on said

intermediate sample position.

An apparatus (100) according to claim 4,

wherein the processor (110) is configured to determine the one or more
intermediate prototype signal portions by determining for each of said one or more
intermediate sample positions an intermediate prototype signal portion of the one
or more intermediate prototype signal portions by combining the first prototype

signal portion and the second prototype signal portion according to

Sigi = (1 - (1) ’ Sig/ir,s‘l +o- Sig/usl

where

i

o = -
yrFfMarkers
wherein 7 is an integer, with i 2 1,

wherein nrOfMarkers is the number of the three or more marker sample positions

minus 1,
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wherein sig; is an i-th intermediate prototype signal portion of the one or more

intermediate prototype signal portion,

wherein sigg,, is the first prototype signal portion,
wherein sig,, is the second prototype signal portion.
An apparatus (100) according to claim 4 or 5,

wherein the processor (110) is configured to determine the one or more
intermediate sample positions of the three or more marker sample positions
depending on

-1

mark;, =mark,_ + T, + ﬁaar(d + B.S}; i=1..mrO0fMarkers—1

i

or depending on

mark, = mark,, , — T, — flom"( - J + 0‘5} .
diy

i =nrO0fMarkers—1..1,j=1..nrOfMarkers—1

wherein nrOfMarkers = fé@or{“yixgi— 0.5,

. 5 =xy— {xsa+nrOfMarkers- T
wherein 17 W / e

nrl f Mariers in rQ fMarkers+t 1}

wherein div =

2

wherein 7 is an integer, with i 2 1,

wherein nrOfMarkers is the number of the three or more marker sample positions

minus 1,

wherein mark; is the i-th intermediate sample position of the three or more marker

sample positions,
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wherein mark; 1 is the i-1 -th intermediate sample position of the three or more

marker sample positions,

wherein mark;4 is the i+1 -th intermediate sample position of the three or more

marker sample positions,

wherein xo is the start sample position of the three or more marker sample

positions,

wherein x1 is the end sample position of the three or more marker sample

positions, and

wherein T indicates a pitch lag.

An apparatus (100) according o one of claims 4 to 6,

wherein the processor (110) is configured to select as said first prototype signal
portion, a sub-portion of a plurality of sub-portion candidates of the first audio
signal portion depending on a plurality of correlations of each sub-portion of the
plurality of sub-portion candidates of the first audio signal portion and of said

second sub-portion of the second audio signal portion,

wherein the processor (110) is configured to select, as the start sample position of
the three or more marker sample positions, a sample position of the plurality of
samples of said first prototype signal portion which is a predecessor for any other

sample position of any other sample of said first prototype signal portion.

An apparatus (100) according to claim 7, wherein the processor (110) is configured
to select as said first prototype signal portion, the sub-portion of said sub-portion
candidates, the correlation of which with said second sub-portion has a highest

correlation vaiue among said plurality of correlations.

An apparatus (100) according to claim 7 or §,

wherein the processor (110) is configured to determine for each correlation of the

plurality of correlations a correlation value according to the formula,
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wherein  Lg,,. indicates a number of samples of the second audio signal portion

being equal to a number of samples of the first audic signal portion,

wherein 12 Lgame — 1) indicates a sample value of a sample of the second audio

signal portion at a sample position 2 Lgme — i,

wherein 7( Lsume — 1 — A) indicates a sample value of a sample of the first audio
signal portion at a sample position Lggme — i — A,

wherein for each of the plurality of correlations of a sub-portion candidate of the
plurality of sub-portion candidates and of said second sub-portion, A indicates a

number and depends on said sub-portion candidate.
An apparatus (100) according to one of claims 4 to 9,

wherein the processor (110) is configured to determine the first audio signal
portion depending on the concealed audio signal portion and depending on a
plurality of third filter coefficients, wherein the plurality of third filter coefficients
depends on the concealed audio signal portion and on the succeeding audio signal

portion, and

wherein the processor (110) is configured to determine the second audio signal
portion depending on the succeeding audio signal portion and on the plurality of
third filter coefficients.

An apparatus (100) according to claim 10,

wherein the processor (110) comprises a filter,

wherein the processor (110) is configured to apply the filter with the third filter

coefficients on the concealed audio signal portion to obtain the first audio signal

portion, and
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wherein the processor (110) is configured to apply the filter with the third filter
coefficients on the succeeding audio signal portion to obtain the second audio

signal portion.

An apparatus (100) according to claim 10 or 11,

wherein the processor (110) is configured to determine a plurality of first filter

coefficients depending on the concealed audio signal portion,

wherein the processor (110) is configured to determine a plurality of second filter

coefficients depending on the succeeding audio signal portion,

wherein the processor (110) is configured to determine each of the third filter
coefficients depending on a combination of one or more of the first filter coefficients
and one or more of the second filter coefficients.

An apparatus (100) according to claim 12, wherein the filter coefficients of the
plurality of first filter coefficients and of the plurality of second filter coefficients and
of the plurality of third filter coefficients are Linear Predictive Coding parameters of
a Linear Predictive Filter.

An apparatus (100) according to claim 12 or 13,

wherein the processor (110) is configured to determine each filter coefficient of the

third filter coefficients according to the formula:

A = 05 ) A(‘OIYC + 0-5 ’ Ag()()(/

wherein 4 indicates a filter coefficient value of said filter coefficient,

wherein 4., indicates a coefficient value of a filter coefficient of the plurality of first

filter coefficients, and

wherein 4,,¢ indicates a coefficient value of a filter coefficient of the plurality of

second filter coefficients.

An apparatus (100) according to claim one of claims 12 to 14,
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wherein the processor (110) is configured to apply a cosine window defined by

; Zmx O
j 0.54 — 0.46 - cos| ) X =0 —1

W*“% cos(EEZE) b1
Cdxpp—1 S T T e

on the concealed audio signal portion to obtain a concealed windowed signal

portion,

wherein the processor (110) is configured to apply said cosine window on the

succeeding audio signal portion to obtain a succeeding windowed signal portion,

wherein the processor (110) is configured to determine the plurality of first filter

coefficients depending on the concealed windowed signal portion,

wherein the processor (110) is configured to determine the plurality of second filter

coefficients depending on the succeeding windowed signal portion, and

wherein each of x and x; and x, is a sample position of the plurality of sample

positions.

An apparatus (200) according to claim 1,

wherein the processor (210) is configured to generate a first extended signal
portion depending on the first sub-portion, so that the first extended signal portion
is different from the first audio signal portion, and so that the first extended signal

portion has more samples that the first sub-portion,

wherein the processor (210) is configured o generate the decoded audio signal
portion using the first extended signal portion and using the second audio signal

portion.

An apparatus (200) according to claim 16, wherein the processor (210) is
configured to generate the decoded audio signal portion by conducting crossfading
of the first extended signal portion with the second audio signal portion to obtain a

crossfaded signal portion.
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An apparatus (200) according fo claim 16 or 17, wherein the processor (210) is
configured to generate the first sub-portion from the first audio signal portion such
that a length of the first sub-portion is equal to a pitch lag of the first audio signal

portion.

An apparatus (200) according to claim 18, wherein the processor (210) is
configured to generate the first extended signal portion such that a number of
samples of the first extended signal portion is equal to the number of samples of
said pitch lag of the first audio signal portion plus a number of samples of the

second audio signal portion.

An apparatus (200) according to one of claims 16 to 19,

wherein the processor (210) is configured to determine the first audio signal
portion depending on the concealed audio signal portion and depending on a
plurality of filter coefficients, wherein the plurality of filter coefficients depends on
the concealed audio signal portion, and

wherein the processor (210) is configured to determine the second audio signal
portion depending on the succeeding audio signal portion and on the plurality of

filter coefficients.

An apparatus (200) according to claim 20,

wherein the processor (210) comprises a filter,

wherein the processor (210) is configured to apply the filter with the filter
coefficients on the concealed audio signal portion to obtain the first audio signal

portion, and

wherein the processor (210) is configured to apply the filter with the filter
coefficients on the succeeding audio signal portion to obtain the second audio

signal portion.

An apparatus (200) according to claim 21, wherein the filter coefficients of the
plurality of filler coefficients are Linear Predictive Coding parameters of a Linear

Predictive Filter.
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An apparatus (200) according to claim one of claims 20 to 22,

wherein the processor (210) is configured to apply a cosine window defined by

©Zmx N
&54—&46-&05(qﬁ J]’ x=0..2,—1
:{/’;:} o \.&.3{:1 - 1
wix) = (Zﬁ{x - xl}‘) N )
o5 |————=1, X =X;.X +tXx;—"
Cdx,— 1 tre

on the concealed audio signal portion to obtain a concealed windowed signal

portion,

wherein the processor (210) is configured to determine the plurality of filter
coefficients depending on the concealed windowed signal portion,

wherein each of x and x; and x, is a sample position of the plurality of sample

positions.
An apparatus (300) according to claim 1,

wherein the first audio signal portion is the concealed audio signal portion, wherein

the second audio signal portion is the succeeding audio signal portion,

wherein the processor (310) is configured to determine a first sub-portion of the
concealed audio signal portion, being the first sub-portion of the first audio signal
portion, such that the first sub-portion comprises one or more of the samples of the
concealed audio signal portion, but comprises fewer samples than the concealed
audio signal portion, and such that each sample position of the samples of the first
sub-portion is a successor of any sample position of any sample of the concealed

audio signal portion that is not comprised by the first sub-portion,

wherein the processor (310) is configured to determine a third sub-portion of the
succeeding audio signal portion, such that the third sub-portion comprises one or
more of the samples of the succeeding audio signal portion, but comprises fewer
samples than the succeeding audio signal portion, and such that each sample
position of each of the samples of the third sub-portion is a successor of any
sample position of any sample of the succeeding audio signal portion that is not

comprised by the third sub-portion,
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wherein the processor (310} is configured to determine a second sub-portion of the
succeeding audio signal portion, being the second sub-portion of the second audio
signal portion, such that any sample of the succeeding audio signal portion which
is not comprised by the third sub-portion is comprised by the second sub-portion of
the succeeding audio signal portion,

wherein the processor (310) is configured to determine a first peak sample from
the samples of the first sub-portion of the concealed audio signal portion, such that
the sample value of the first peak sample is greater than or equal to any other
sample value of any other sample of the first sub-portion of the concealed audio
signal portion, wherein the processor (310) is configured to determine a second
peak sample from the samples of the second sub-portion of the succeeding audio
signal portion, such that the sample value of the second peak sample is greater
than or equal to any other sample value of any other sample of the second sub-
portion of the succeeding audio signal portion, wherein the processor (310) is
configured to determine a third peak sample from the samples of the third sub-
portion of the succeeding audio signal portion, such that the sample value of the
third peak sample is greater than or equal to any other sample value of any other
sample of the third sub-portion of the succeeding audio signal portion,

wherein, if and only if a condition is fulfilled, the processor (310) is configured to
modify each sample value of each sample of the succeeding audio signal portion
that is a predecessor of the second peak sample, to generate the decoded audio

signal portion,

wherein the condition is that both the sample value of the second peak sample is
greater than the sample value of the first peak sample and that the sample value of
the second peak sample is greater than the sample value of the third peak sample,

or

wherein the condition is that both a first ratio between the sample value of the
second peak sample and the sample value of the first peak sample is greater than
a first threshold value, and a second ratio between the sample value of the second
peak sample and the sample value of the third peak sample is greater than a

second threshold value.
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An apparatus (300) according to claim 24, wherein the condition is that both the
sample value of the second peak sample is greater than the sample value of the
first peak sample and that the sample value of the second peak sample is greater
than the sample value of the third peak sample.

An apparatus (300) according to claim 24, wherein the condition is that both the
first ratio is greater than the first threshold value and that the second ratio is
greater than the second threshold value.

An apparatus (300) according to claim 26, wherein the first threshold value is
greater than 1.1, and wherein the second threshold value is greater than 1.1.

An apparatus (300) according to claim 26 or 27, wherein the first threshold value is

equal to the second threshold value.

An apparatus (300) according to one of claims 24 to 28,

wherein, if and only if the condition is fulfilled, the processor (310) is configured to
modify each sample value of each sample of the succeeding audio signal portion

that is a predecessor of the second peak sample according to

Smodified(Lframe + 1) = s(Lframe +1) - 04

wherein Lframe indicates a sample position of a sample of the succeeding audio
signal portion which is a predecessor for any other sample position of any other

sample of the succeeding audio signal portion,

wherein Lframe + 7 is an integer indicating the sample position of the i + 1 -th

sample of the succeeding audio signal portion,

wherein 0 </ £ /max — 1, wherein I___~ 1 indicates a sample position of the

I

second peak sample,

wherein s(Lframe + 1) is a sample value of the i + 1 -th sample of the succeeding

audio signal portion before being modified by the processor (310),

wherein S,ineLirame + 1) is a sample value of the i + 1 -th sample of the

succeeding audio signal portion after being modified by the processor (310),
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wherein 0 < g; < 1.

An apparatus (300) according to claim 29,

wherein

max {E cmas B_g‘m&x} —1
E .
o = eale s - i1

i I —1

PR

wherein E.,,, is the sample value of the first peak sample,

wherein E,,, is the sample value of the second peak sample,

wherein L, is the sample value of the third peak sample.

An apparatus (300) according to claim 29 or 30,

wherein, if and only if the condition is fulfilled, the processor (310) is configured to
modify a sample value of each sample of two or more samples of the plurality of
samples of the succeeding audio signal portion which are successors of the
second peak sample, to generate the decoded audio signal portion according to

SmodifiedImax + k) = s(Imax +k) - o; ,

wherein Imax + k is an integer indicating the sample position of the max +k + 1 -th

sample of the succeeding audio signal portion.

An apparatus (10; 100; 200; 300) according to one of the preceding claims,
wherein the apparatus (10; 100; 200; 300) further comprises a concealment unit
(8), being configured to conduct concealment for a current frame that is erroneous

or that got lost to obtain the concealed audio signal portion.

An apparatus (10; 100; 200; 300) according to claim 32,

wherein the apparatus (10; 100; 200; 300) further comprises an activation unit (6)

that is configured to detect whether the current frame got lost or is erroneous,
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34.

35.
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wherein the activation unit (6) is configured to activate the concealment unit (8) to
conduct the concealment for the current frame, if the current frame got lost or is

erroneocus.

An apparatus (10; 100; 200; 300) according to claim 33,

wherein the activation unit (6) is configured to detect whether a succeeding frame

arrives that is not erroneous, if the current frame got lost or was erroneous, and

wherein the activation unit (6) is configured to activate the processor (8) to
generate the decoded audio signal portion, if the current frame got lost or is
erroneous and if the succeeding frame arrives that is not erroneous.

A method for improving a transition from a concealed audio signal portion of an
audio signal to a succeeding audio signal portion of the audio signal, wherein the

method comprises:

generating a decoded audio signal portion of the audio signal depending on a first
audio signal portion and depending on a second audio signal portion, wherein the
first audio signal portion depends on the concealed audio signal portion, and
wherein the second audio signal portion depends on the succeeding audio signal

portion, and

outputting the decoded audio signal portion,

wherein each of the first audio signal portion and of the second audio signal
portion and of the decoded audio signal portion comprises a plurality of samples,
wherein each of the plurality of samples of the first audio signal portion and of the
second audio signal portion and of the decoded audio signal portion is defined by a
sample position of a plurality of sample positions and by a sample value, wherein
the plurality of sample positions is ordered such that for each pair of a first sample
position of the plurality of sample positions and a second sample position of the
plurality of sample positions, being different from the first sample position, the first
sample position is either a successor or a predecessor of the second sample

position,
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36.

37.

38.
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wherein generating the decoded audio signal comprises determining a first sub-
portion of the first audio signal portion, such that the first sub-portion comprises

fewer samples than the first audio signal portion,

wherein generating the decoded audio signal portion is conducted using the first
sub-portion of the first audio signal portion and using the second audio signal
portion or a second sub-portion of the second audio signal portion, such that for
each sample of two or more samples of the second audio signal portion, the
sample position of said sample of the two or more samples of the second audio
signal portion is equal to the sample position of one of the samples of the decoded
audio signal portion, and such that the sample value of said sample of the two or
more samples of the second audio signal portion is different from the sample value
of said one of the samples of the decoded audio signal portion.

A computer program for implementing the method of claim 35 when being

executed on a computer or signal processor.

A system for improving a ftransition from a concealed audio signal portion of an
audio signal to a succeeding audio signal portion of the audio signal, wherein the

system comprises:

a switching module (701),

an apparatus (300) according to one of claims 24 to 31 being an apparatus (300)

for implementing energy damping, and

an apparatus (100) according to one of claims 2 to 15 being an apparatus (100) for

pitch adapt overlap,

wherein the switching module (701) is configured to choose, depending on the
concealed audio signal portion and depending on the succeeding audio signal
portion, one of the apparatus (300) for implementing energy damping and of the
apparatus (100) for implementing pitch adapt overlap for generating the decoded

audio signal portion.

A system for improving a transition from a concealed audio signal portion of an
audio signal to a succeeding audio signal portion of the audio signal, wherein the

system comprises:
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a switching module (702),

an apparatus (300) according to one of claims 24 to 31 being an apparatus (300)
for implementing energy damping, and

an apparatus (200) according to one of claims 16 to 23 being an apparatus (200)

for implementing excitation overlap,

wherein the switching module (702) is configured to choose, depending on the
concealed audio signal portion and depending on the succeeding audio signal
portion, one of the apparatus (300) for implementing energy damping and of the
apparatus (200) for implementing excitation overlap for generating the decoded

audio signal portion.

A system for improving a transition from a concealed audio signal portion of an
audio signal to a succeeding audio signal portion of the audio signal, wherein the

system comprises:

a switching module (703),

an apparatus (100) according to one of claims 2 to 15 being an apparatus (100) for
implementing pitch adapt overlap, and

an apparatus (200) according to one of claims 16 to 23 being an apparatus (200)

for implementing excitation overlap,

wherein the switching module (703) is configured to choose, depending on the
concealed audio signal portion and depending on the succeeding audio signal
portion, one of the apparatus (100) for implementing pitch adapt overlap and of the
apparatus (200) for implementing excitation overlap for generating the decoded

audio signal portion.
A system for improving a transition from a concealed audio signal portion of an
audio signal to a succeeding audio signal portion of the audio signal, wherein the

system comprises:

a switching module (704),
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an apparatus (100) according to one of claims 2 to 15 being an apparatus (100) for
implementing pitch adapt overlap,

an apparatus (200) according to one of claims 16 to 23 being an apparatus (200)

for implementing excitation overlap, and

an apparatus (300) according to one of claims 24 to 31 being an apparatus (300)
for implementing energy damping,

wherein the switching module (704) is configured to choose, depending on the
concealed audio signal portion and depending on the succeeding audio signal
portion, one of the apparatus (100) for implementing pitch adapt overlap and of the
apparatus (200) for implementing excitation overlap and of the apparatus (300) for
implementing energy damping for generating the decoded audio signal portion.

A system according to claim 40,

wherein the switching module (704) is configured to determine whether or not at
least one of the concealed audio signal frame and the succeeding audio signal

frame comprises speech, and

wherein the switching module (704) is configured to choose the apparatus (300) for
implementing energy damping for generating the decoded audio signal portion, if
the concealed audio signal frame and the succeeding audio signal frame do not

comprise speech.

A system according to claim 40 or 41, wherein the switching module (704) is
configured to choose said one of the apparatus (100) for implementing pitch adapt
overlap and of the apparatus (200) for implementing excitation overlap and of the
apparatus (300) for implementing energy damping for generating the decoded
audio signal portion depending on a frame length of a succeeding audio signal
frame and depending on at least one of a pitch of the concealed audio signal
portion or a pitch of the succeeding audio signal portion, wherein the succeeding
audio signal portion is an audio signal portion of the succeeding audio signal

frame.

A system according to claim 39,
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wherein the system further comprises an apparatus (300) according to one of
claims 24 to 31 being an apparatus (300) for implementing energy damping,

wherein the switching module (703) is configured to choose, depending on the
concealed audio signal portion and depending on the succeeding audio signal
portion, said one of the apparatus (100) for implementing pitch adapt overlap and
of the apparatus (200) for implementing excitation overlap to generate an

intermediate audio signal portion,

wherein the apparatus (300) for implementing energy damping is configured to
process the intermediate audio signal portion to generate the decoded audio signal
portion.
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