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Concept for Switching of Sampling Rates at Audio Processing Devices

Description

The present invention is concerned with speech and audio coding, and more
particularly to an audio encoder device and an audio decoder device for pro-
cessing an audio signal, for which the input and output sampling rate is
changing from a preceding frame to a current frame. The present invention is
further related to methods of operating such devices as well as to computer
programs executing such methods.

Speech and audio coding can get the benefit of having a multi-cadence input
and output, and of being able to switch instantaneously and seamlessly for
one to another sampling rate. Conventional speech and audio coders use a
single sampling rate for a determine output bit-rate and are not able to
change it without resetting completely the system. It creates then a disconti-

nuity in the communication and in the decoded signal.

On the other hand, adaptive sampling rate and bit-rate allow a higher quality
by selecting the optimal parameters depending usually on both the source
and the channel condition. It is then important to achieve a seamless transi-

tion, when changing the sampling rate of the input/output signal.

Moreover, it is important to limit the complexity increase for such a transition.
Modern speech and audio codecs, like the upcoming 3GPP EVS over LTE
network, will need to be able to exploit such a functionality.

Efficient speech and audio coders need to be able to change their sampling
rate from a time region to another one to better suit to the source and to the
channel condition. The change of sampling rate is particularly problematic for
continuous linear filters, which can only be applied if their past states show
the same sampling rate as the current time section to filter.
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More particularly predictive coding maintains at the encoder and decoder
over time and frame different memory states. In code-excited linear predic-
tion (CELP) these memories are usually the linear prediction coding (LPC)
synthesis filter memory, the de-emphasis filter memory and the adaptive
codebook. A straightforward approach is to reset all memories when a sam-
pling rate change occurs. It creates a very annoying discontinuity in the de-

coded signal. The recovery can be very long and very noticeable.

Fig. 1 shows a first audio decoder device according to prior art. With such an
audio decoder device it is possible to switch to a predictive coding seamless-
ly when coming from a non-predictive coding scheme. This may be done by
an inverse filtering of the decoded output of non-predictive coder for main-
taining the filter states needed by predictive coder. It is done for example in
AMR-WB+ and USAC for switching from a transform-based coder, TCX, to a
speech coder, ACELP. However, in both coders, the sampling rate is the
same. The inverse filtering can be applied directly on the decoded audio sig-
nal of TCX. Moreover, TCX in USAC and AMR-WB+ transmits and exploits
LPC coefficient also needed for the inverse filtering. The LPC decoded coef-
ficients are simply re-used in the inverse filtering computation. it is worth to
note that the inverse filtering is not needed if switching between two predic-

tive coders using the same filters and the same sampling-rate.

Fig. 2 shows a second audio decoder device according to prior art In case
the two coders have a different sampling rate, or in case when switching
within the same predictive coder but with different sampling rates, the inverse
filtering of the preceding audio frame as illustrated in Fig. 1 is no more suffi-
cient. A straightforward solution is to resample the past decoded output to the
new sampling rate and then compute the memory states by inverse filtering.
If some of the filter coefficients are sampling rate dependent as it is the case
for the LPC synthesis filter, one need to do an extra analysis of the
resampled past signal. For getting the LPC coefficients at the new sampling

rate fs_2 the autocorrelation function is recomputed and the Levinson-Durbin
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algorithm applied on the resampled past decoded samples. This approach is
computationally very demanding and can hardly be applied in real imple-

mentations.

The problem to be solved is to provide an improved concept for switching of

sampling rates at audio processing devices.

In a first aspect the problem is solved by an audio decoder device for decod-

ing a bitstream, wherein the audio decoder device comprises:

a predictive decoder for producing a decoded audio frame from the bitstream,
wherein the predictive decoder comprises a parameter decoder for producing
one or more audio parameters for the decoded audio frame from the bit-
stream and wherein the predictive decoder comprises a synthesis filter de-
vice for producing the decoded audio frame by synthesizing the one or more
audio parameters for the decoded audio frame,

a memory device comprising one or more memories, wherein each of the
memories is configured to store a memory state for the decoded audio frame,
wherein the memory state for the decoded audio frame of the one or more
memories is used by the synthesis filter device for synthesizing the one or

more audio parameters for the decoded audio frame; and

a memory state resampling device configured to determine the memory state
for synthesizing the one or more audio parameters for the decoded audio
frame, which has a sampling rate, for one or more of said memories by
resampling a preceding memory state for synthesizing one or more audio
parameters for a preceding decoded audio frame, which has a preceding
sampling rate being different from the sampling rate of the decoded audio
frame, for one or more of said memories and to store the memory state for
synthesizing of the one or more audio parameters for the decoded audio

frame for one or more of said memories into the respective memory.
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The term “decoded audio frame” relates to an audio frame currently under
processing whereas the term “preceding decoded audio frame” relates to an
audio frame, which was processed before the audio frame currently under

processing.

The present invention allows a predictive coding scheme to switch its intern
sampling rate without the need to resample the whole buffers for recomputing
the states of its filters. By resampling directly and only the necessary memory
states, a low complexity is maintained while a seamless transition is still pos-
sible.

According to a preferred embodiment of the invention the one or more mem-
ories comprise an adaptive codebook memory configured to store an adap-
tive codebook memory state for determining one or more excitation parame-
ters for the decoded audio frame, wherein the memory state resampling de-
vice is configured to determine the adaptive codebook state for determining
the one or more excitation parameters for the decoded audio frame by
resampling a preceding adaptive codebook state for determining of one or
more excitation parameters for the preceding decoded audio frame and to
store the adaptive codebook state for determining of the one or more excita-
tion parameters for the decoded audio frame into the adaptive codebook

memory.

The adaptive codebook memory state is, for example, used in CELP devices.

For being able to resample the memories, the memory sizes at different
sampling rates must be equal in terms of time duration they cover. In other
words, if a filter has an order of M at the sampling rate fs_2, the memory up-
dated at the preceding sampling rate fs_1 should cover at least
M*(fs_1)/(fs_2) samples.
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As the memory is usually proportional to the sampling rate in the case for the
adaptive codebook, which covers about the last 20ms of the decoded residu-
al signal whatever the sampling rate may be, there is no extra memory man-

agement to do.

According to a preferred embodiment of the invention the one or more mem-
ories comprise a synthesis filter memory configured to store a synthesis filter
memory state for determining one or more synthesis filter parameters for the
decoded audio frame, wherein the memory state resampling device is con-
figured to determine the synthesis memory state for determining the one or
more synthesis filter parameters for the decoded audio frame by resampling
a preceding synthesis memory state for determining of one or more synthesis
filter parameters for the preceding decoded audio frame and to store the syn-
thesis memory state for determining of the one or more synthesis filter pa-

rameters for the decoded audio frame into the synthesis filter memory.

The synthesis filter memory state may be a LPC synthesis filter state, which

is used, for example, in CELP devices.

If the order of the memory is not proportional to the sampling rate, or even
constant whatever the sampling rate may be, an extra memory management
has to done for being able to cover the largest duration possible. For exam-
ple, the LPC synthesis state order of AMR-WB+ is always 16. At 12.8 kHz,
the smallest sampling rate it covers 1.25ms although it represents only
0.33ms at 48kHz. For being able to resample the buffer at any of the sam-
pling rate between 12.8 and 48kHz, the memory of the LPC synthesis filter
state has to be extended from 16 to 60 samples, which represents 1.25 ms at
48kHz.

The memory resampling can be then described by the following pseudo-

code:
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mem_syn_r_size_old = (int)(1.25%*s_1/1000);
mem_syn_r_size_new = (int)(1.25*fs_2 /1000);
mem_syn_r+L_SYN_MEM-mem_syn_r_size new=
resamp(mem_syn_r+L_SYN_MEM-mem_syn_r_size_old,

mem_syn_r_size_old, mem_syn_r_size new);

where resamp(x,},L) outputs the input buffer x resampled from | to L samples.
L_SYN_MEM is the largest size in samples that the memory can cover. In
our case it is equal to 60 samples for fs_2<=48kHz. At any sampling rate,
mem_syn_r has to be updated with the last L_SYN_MEM output samples.

For(i=0 ;i<L_SYM_MEM ;i++)
mem_syn_rliJ=y[L_frame-L_SYN_MEM+i] ;

where y[] is the output of the LPC synthesis filter and L_frame the size of the

frame at the current sampling rate.

However the synthesis filter will be performed by using the states from
mem_syn_r[L_SYN_MEM-M] to mem_syn_r[L_SYN_MEM-1].

According to a preferred embodiment of the invention the memory
resampling device is configured in such way that the same synthesis filter

parameters are used for a plurality of subframes of the decoded audio frame.

The LPC coefficients of the last frame are usually used for interpolating the
current LPC coefficients with a time granularity of 5ms. If the sampling rate is
changing, the interpolation cannot be performed. if the LPC are recomputed,
the interpolation can be performed using the newly recomputed LPC coeffi-
cients. In the present invention, the interpolation cannot be performed direct-
ly. In one embodiment, the LPC coefficients are not interpolated in the first
frame after a sampling rate switching. For all 5 ms subframe, the same set of
coefficients is used.
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According to preferred embodiment of the invention the memory resampling
device is configured in such way that the resampling of the preceding syn-
thesis filter memory state is done by transforming the synthesis filter memory
state for the preceding decoded audio frame to a power spectrum and by

resampling the power spectrum.

In this embodiment, if the last coder is also a predictive coder or if the last
coder transmits a set of LPC as well, like TCX, the LPC coefficients can be
estimated at the new sampling rate fs_2 without the need to redo a whole LP
analysis. The old LPC coefficients at sampling rate fs_1 are transformed to a
power spectrum which is resampled. The Levinson-Durbin algorithm is then

applied on the autocorrelation deduced from the resampled power spectrum.

According to a preferred embodiment of the invention the one or more mem-
ories comprise a de-emphasis memory configured to store a de-emphasis
memory state for determining one or more de-emphasis parameters for the
decoded audio frame, wherein the memory state resampling device is con-
figured to determine the de-emphasis memory state for determining the one
or more de-emphasis parameters for the decoded audio frame by resampling
a preceding de-emphasis memory state for determining of one or more de-
emphasis parameters for the preceding decoded audio frame and to store
the de-emphasis memory state for determining of the one or more de-
emphasis parameters for the decoded audio frame into the de-emphasis
memory.

The de-emphasis memory state is, for example, also used in CELP.

The de-emphasis has usually a fixed order of 1, which represents 0.0781ms
@ 12.8 kHz. This duration is covered by 3.75 samples @ 48 kHz. A memory
buffer of 4 samples is then needed if we adopt the method presented above.

Alternatively, one can use an approximation by bypassing the resampling
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state. It can be seen a very coarse resampling, which consists of keeping the
last output samples whatever the sampling rate difference. The approxima-

tion is most of time sufficient and can be used for low complexity reasons.

According to a preferred embodiment of the invention the one or more mem-
ories are configured in such way that a number of stored samples for the de-
coded audio frame is proportional to the sampling rate of the decoded audio
frame.

According to a preferred embodiment of the invention the memory
resampling device is configured in such way that the resampling is done by
linear interpolation.

The resampling function resamp() can be done with any kind of resampling
methods. In time domain, a conventional LP filter and decima-
tion/oversampling is usual. In a preferred embodiment one may adopt a sim-
ple linear interpolation, which is enough in terms of quality for resampling
filter memories. It allows saving even more complexity. It is also possible to
do the resampling in the frequency domain. In the last approach, one doesn’t
need to care about the block artefacts as the memory is only the starting

state of a filter.

According to a preferred embodiment of the invention the memory state
resampling device is configured io retrieve the preceding memory state for

one or more of said memories from the memory device.

The present invention can be applied when using the same coding scheme
with different intern sampling rates. For example it can be the case when us-
ing a CELP with an intern sampling rate of 12.8 kHz for low bit-rates when
the available bandwidth of the channel is limited and switching to 16 kHz in-

tern sampling rate for higher bit-rates when the channel conditions are better.
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According to a preferred embodiment of the invention the audio decoder de-
vice comprises an inverse-filtering device configured for inverse-filtering of
the preceding decoded audio frame at the preceding sampling rate in order to
determine the preceding memory state of one or more of said memories,
wherein the memory state resampling device is configured to retrieve the
preceding memory state for one or more of said memories from the inverse-
filtering device.

These features allow implementing the invention for such cases, wherein the

preceding audio frame is processed by a non-predictive decoder.

In this embodiment of the present invention no resampling is used before the
inverse filtering. Instead the memory states themselves are resampled direct-
ly. If the previous decoder processing the preceding audio frame is a predic-
tive decoder like CELP, the inverse decoding is not needed and can be by-
passed since the preceding memory states are always maintained at the pre-
ceding sampling rate.

According to a preferred embodiment of the invention the memory state
resampling device is configured to retrieve the preceding memory state for

one or more of said memories from of a further audio processing device.

The further audio processing device may be, for example, a further audio
decoder device or a home for noise generating device.

The present invention can be used in DTX mode, when the active frames are
coded at 12.8 kHz with a conventional CELP and when the inactive parts are
modeled with a 16 kHz noise generator (CNG).

The invention can be used, for example, when combining a TCX and an

ACELP running at different sampling rates.
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In a further aspect of the invention the problem is solved by a method for op-
erating an audio decoder device for decoding a bitstream, the method com-
prising the steps of:

producing a decoded audio frame from the bitstream using a predictive de-
coder, wherein the predictive decoder comprises a parameter decoder for
producing one or more audio parameters for the decoded audio frame from
the bitstream and wherein the predictive decoder comprises a synthesis filter
device for producing the decoded audio frame by synthesizing the one or

more audio parameters for the decoded audio frame;

providing a memory device comprising one or more memories, wherein each
of the memories is configured to store a memory state for the decoded audio
frame, wherein the memory state for the decoded audio frame of the one or
more memories is used by the synthesis filter device for synthesizing the one
or more audio parameters for the decoded audio frame;

determining the memory state for synthesizing the one or more audio param-
eters for the decoded audio frame, which has a sampling rate, for one or
more of said memories by resampling a preceding memory state for synthe-
sizing one or more audio parameters for a preceding decoded audio frame,
which has a preceding sampling rate being different from the sampling rate
for the decoded audio frame, for one or more of said memories; and

storing the memory state for synthesizing of the one or more audio parame-
ters for the decoded audio frame for one or more of said memories into the

respective memory.

In a further aspect of the invention the problem is solved by a Computer pro-

gram, when running on a processor, executing the method according to the
invention.
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In an offer aspect of the invention the problem is solved by an audio encoder
device for encoding a framed audio signal, wherein the audio encoder device

comprises:

a predictive encoder for producing an encoded audio frame from the framed
audio signal, wherein the predictive encoder comprises a parameter analyzer
for producing one or more audio parameters for the encoded audio frame
from the framed audio signal and wherein the predictive encoder comprises a
synthesis filter device for producing a decoded audio frame by synthesizing
one or more audio parameters for the decoded audio frame, wherein the one
or more audio parameters for the decoded audio frame are the one or more

audio parameters for the encoded audio frame;

a memory device comprising one or more memories, wherein each of the
memories is configured to store a memory state for the decoded audio frame,
wherein the memory state for the decoded audio frame of the one or more
memories is used by the synthesis filter device for synthesizing the one or

more audio parameters for the decoded audio frame; and

a memory state resampling device configured to determine the memory state
for synthesizing the one or more audio parameters for the decoded audio
frame, which has a sampling rate, for one or more of said memories by
resampling a preceding memory state for synthesizing one or more audio
parameters for a preceding decoded audio frame, which has a preceding
sampling rate being different from the sampling rate of the decoded audio
frame, for one or more of said memories and to store the memory state for
synthesizing of the one or more audio parameters for the decoded audio

frame for one or more of said memories into the respective memory.

The invention is mainly focused on the audio decoder device. However it can
also be applied at the audio encoder device. Indeed CELP is based on an

Analysis-by-Synthesis principle, where a local decoding is performed on the
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encoder side. For this reason the same principle as described for the decod-
er can be applied on the encoder side. Moreover in case of a switched cod-
ing, e.g. ACELP/TCX, the transform-based coder may have to be able to up-
date the memories of the speech coder even at the encoder side in case of
coding switching in the next frame. For this purpose, a local decoder is used
in the transformed-based encoder for updating the memories state of the
CELP. it may be that the transformed-based encoder is running at a different
sampling rate than the CELP and the invention can be then applied in this
case.

It has to be understood that the synthesis filter device, the memory device,
the memory state resampling device and the inverse-filtering device of the
audio encoder device are equivalent to the synthesis filter device, the
memory device, the memory state resampling device and the inverse filtering

device of the audio decoder device as discussed above.

According to a preferred embodiment of the invention the one or more mem-
ories comprise an adaptive codebook memory configured to store an adap-
tive codebook state for determining one or more excitation parameters for the
decoded audio frame, wherein the memory state resampling device is con-
figured to determine the adaptive codebook state for determining the one or
more excitation parameters for the decoded audio frame by resampling a
preceding adaptive codebook state for determining of one or more excitation
parameters for the preceding decoded audio frame and to store the adaptive
codebook state for determining of the one or more excitation parameters for
the decoded audio frame into the adaptive codebook memory.

According to a preferred embodiment of the invention the one or more mem-
ories comprise a synthesis filter memory configured to store a synthesis filter
memory state for determining one or more synthesis filter parameters for the
decoded audio frame, wherein the memory state resampling device is con-

figured to determine the synthesis memory state for determining the one or
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more synthesis filter parameters for the decoded audio frame by resampling
a preceding synthesis memory state for determining of one or more synthesis
filter parameters for the preceding decoded audio frame and to store the syn-
thesis memory state for determining of the one or more synthesis filter pa-
rameters for the decoded audio frame into the synthesis filter memory.

According to a preferred embodiment of the invention the memory state
resampling device is configured in such way that the same synthesis filter

parameters are used for a plurality of subframes of the decoded audio frame.

According to a preferred embodiment of the invention the memory
resampling device is configured in such way that the resampling of the pre-
ceding synthesis filter memory state is done by transforming the preceding
synthesis filter memory state for the preceding decoded audio frame to a

power spectrum and by resampling the power spectrum.

According to a preferred embodiment of the invention the one or more mem-
ories comprise a de-emphasis memory configured to store a de-emphasis
memory state for determining one or more de-emphasis parameters for the
decoded audio frame, wherein the memory state resampling device is con-
figured to determine the de-emphasis memory state for determining the one
or more de-emphasis parameters for the decoded audio frame by resampling
a preceding de-emphasis memory state for determining of one or more de-
emphasis parameters for the preceding decoded audio frame and to store
the de-emphasis memory state for determining of the one or more de-
emphasis parameters for the decoded audio frame into the de-emphasis

memory.

According to a preferred embodiment of the invention the one or more mem-
ories are configured in such way that a number of stored samples for the de-
coded audio frame is proportional to the sampling rate of the decoded audio
frame.
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According to a preferred embodiment of the invention the memory
resampling device is configured in such way that the resampling is done by
linear interpolation.

According to a preferred embodiment of the invention the memory state
resampling device is configured to retrieve the preceding memory state for

one or more of said memories from the memory device.

According to a preferred embodiment of the invention the audio encoder de-
vice comprises an inverse-filtering device configured for inverse-filtering of
the preceding decoded audio frame in order to determine the preceding
memory state for one or more of said memories, wherein the memory state
resampling device is configured to retrieve the preceding memory state for

one or more of said memories from the inverse-filtering device.

Audio encoder device according to, wherein the memory state resampling
device is configured to retrieve the preceding memory state for one or more
of said memories from of a further audio encoder device.

In a further aspect of the invention the problem is solved by a method for op-
erating an audio encoder device for encoding a framed audio signal, the

method comprising the steps of:

producing an encoded audio frame from the framed audio signal using a pre-
dictive encoder, wherein the predictive encoder comprises a parameter ana-
lyzer for producing one or more audio parameters for the encoded audio
frame from the framed audio signal and wherein the predictive encoder com-
prises a synthesis filter device for producing a decoded audio frame by syn-
thesizing one or more audio parameters for the decoded audio frame, where-
in the one or more audio parameters for the decoded audio frame are the

one or more audio parameters for the encoded audio frame;
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providing @ memory device comprising one or more memories, wherein each
of the memories is configured to store a memory state for the decoded audio
frame, wherein the memory state for the decoded audio frame of the one or

more memories is used by the synthesis filter device for synthesizing the one

or more audio parameters for the decoded audio frame;

determining the memory state for synthesizing the one or more audio param-
eters for the decoded audio frame, which has a sampling rate, for one or
more of said memories by resampling a preceding memory state for synthe-
sizing one or more audio parameters for a preceding decoded audio frame,
which has a preceding sampling rate being different from the sampling rate of

the decoded audio frame, for one or more of said memories: and

storing the memory state for synthesizing of the one or more audio parame-
ters for the decoded audio frame for one or more of said memories into the
respective memory.

According to a number aspect of the invention the problem is solved by a
computer program, when running on a processor, executing the method ac-
cording to the invention.

Preferred embodiments of the invention are subsequently discussed with re-

spect to the accompanying drawings, in which:

Fig. 1 illustrates an embodiment of an audio decoder device according

to prior art in a schematic view;

Fig. 2 illustrates a second embodiment of an audio decoder device

according to prior art in a schematic view;
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Fig. 3 illustrates a first embodiment of an audio decoder device ac-

cording to the invention in a schematic view;

Fig. 4 illustrates more details of the first embodiment of an audio de-

coder device according to the invention in a schematic view;

Fig. 5 illustrates a second embodiment of an audio decoder device
according to the invention in a schematic view;

Fig. 6 illustrates more details of the second embodiment of an audio

decoder device according to the invention in a schematic view;

Fig. 7 illustrates a third embodiment of an audio decoder device ac-

cording to the invention in a schematic view; and

Fig. 8 illustrates an embodiment of an audio encoder device accord-

ing to the invention in a schematic view.

Fig. 1 illustrates an embodiment of an audio decoder device according to pri-
or art in a schematic view,

The audio decoder device 1 according to prior art comprises:

a predictive decoder 2 for producing a decoded audio frame AF from the bit-
stream BS, wherein the predictive decoder 2 comprises a parameter decoder
3 for producing one or more audio parameters AP for the decoded audio
frame AF from the bitstream BS and wherein the predictive decoder 2 com-
prises a synthesis filter device 4 for producing the decoded audio frame AF
by synthesizing the one or more audio parameters AP for the decoded audio
frame AF;

a memory device 5 comprising one or more memories 6, wherein each of the
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memories 6 is configured to store a memory state MS for the decoded audio
frame AF, wherein the memory state MS for the decoded audio frame AF of
the one or more memories 6 is used by the synthesis filter device 4 for syn-

thesizing the one or more audio parameters AP for the decoded audio frame
AF: and

an inverse filtering device 7 configured for reverse-filtering of a preceding
decoded audio frame PAF having the same sampling rate SR as the decod-

ed audio frame AF.

For synthesizing the audio parameters AP the synthesis filter 4 sends an in-
terrogation signal IS to the memory 6, wherein the interrogation signal IS de-
pends on the one or more audio parameters AP. The memory 6 returns a
response signal RS which depends on the interrogation signal IS and on the
memory state MS for the decoded audio frame AF.

This embodiment of a prior art audio decoder device allows to switch from a
non-predictive audio decoder device to the predictive decoder device 1
shown in Fig. 1. However, it is required that the non-predictive audio decoder
device and the predictive decoder device 1 are using the same sampling rate
SR.

Fig. 2 illustrates a second embodiment of an audio decoder device 1 accord-
ing to prior art in a schematic view. In addition to the features of the audio
decoder device 1 shown in Fig. 1 the audio decoder device 1 shown in Fig. 2
comprises an audio frame resampling device 8, which is configured to
resample a preceding audio frame PAF having a preceding sample rate PSR
in order to produce a preceding audio frame PAF having a sample rate SR,
which is a sample rate SR of the audio frame AF.

The preceding audio frame PAF having the sample rate SR is then analyzed
by and parameter analyzer 9 which is configured to determine LPC coeffi-
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cients LPCC for the preceding audio frame PAF having the sample rate SR.
The LPC coefficients LPCC are then used by the inverse-filtering device 7 for
inverse-filtering of the preceding audio frame PAF having the sample rate SR

in order to determine the memory state MS for the decoded audio frame AF.

This approach is computationally very demanding and can hardly be applied
in a real implementation.

Fig. 3 illustrates a first embodiment of an audio decoder device according to
the invention in a schematic view.

The audio decoder device 1 comprises:

a predictive decoder 2 for producing a decoded audio frame AF from the bit-
stream BS, wherein the predictive decoder 2 comprises a parameter decoder
3 for producing one or more audio parameters AP for the decoded audio
frame AF from the bitstream BS and wherein the predictive decoder 2 com-
prises a synthesis filter device 4 for producing the decoded audio frame AF
by synthesizing the one or more audio parameters AP for the decoded audio
frame AF;

a memory device 5 comprising one or more memories 6, wherein each of the
memories 6 is configured to store a memory state MS for the decoded audio
frame AF, wherein the memory state MS for the decoded audio frame AF of
the one or more memories 6 is used by the synthesis filter device 4 for syn-
thesizing the one or more audio parameters AP for the decoded audio frame
AF: and

a memory state resampling device 10 configured to determine the memory
state MS for synthesizing the one or more audio parameters AP for the de-
coded audio frame AF, which has a sampling rate SR, for one or more of said
memories 6 by resampling a preceding memory state PMS for synthesizing
one or more audio parameters for a preceding decoded audio frame PAF,
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which has a preceding sampling rate PSR being different from the sampling
rate SR of the decoded audio frame AF, for one or more of said memories 6
and to store the memory state MS for synthesizing of the one or more audio
parameters AP for the decoded audio frame AF for one or more of said
memories 6 into the respective memory.

For synthesizing the audio parameters AP the synthesis filter 4 sends an in-
terrogation signal IS to the memory 6, wherein the interrogation signal IS de-
pends on the one or more audio parameters AP. The memory 6 returns a
response signal RS which depends on the interrogation signal IS and on the
memory state MS for the decoded audio frame AF.

The term “decoded audio frame AF” relates to an audio frame currently under
processing whereas the term “preceding decoded audio frame PAF” relates
to an audio frame, which was processed before the audio frame currently
under processing.

The present invention allows a predictive coding scheme to switch its intern
sampling rate without the need to resample the whole buffers for recomputing
the states of its filters. By resampling directly and only the necessary memory
states MS, a low complexity is maintained while a seamless transition is still

possible.

According to a preferred embodiment of the invention the memory state
resampling device 10 is configured to retrieve the preceding memory state
PMS; PAMS, PSMS, PDMS for one or more of said memories 6 from the
memory device 5.

The present invention can be applied when using the same coding scheme

with different intern sampling rates PSR, SR. For example it can be the case
when using a CELP with an intern sampling rate PSR of 12.8 kHz for low bit-
rates when the available bandwidth of the channel is limited and switching to
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16 kHz intern sampling rate SR for higher bit-rates when the channel condi-
tions are better.

Fig. 4 illustrates more details of the first embodiment of an audio decoder
device according to the invention in a schematic view. As shown in Fig. 4, the
memory device 5 comprises a first memory 6a, which is an adaptive code-
book 6a, a second memory 6b, which is a synthesis filter memory 6b, and a

third memory 6¢ which is a de-emphasis' memory 6¢.

The audio parameters AP are fed to an excitation module 11 which produces
an output signal OS which is delayed by a delay inserter 12 and sent to the
adaptive codebook memory 6a as an interrogation signal ISa. The adaptive
codebook memory 6a outputs a response signal RSa, which contains one or

more excitation parameters EP, which are fed to the excitation module 11.

The output signal OS of the excitation module 11 is further fed to the synthe-
sis filter module 13, which outputs an output signal OS1. The output signal
OS1 is delayed by a delay inserter 14 and sent to the synthesis filter memory
6b as an interrogation signal ISb. The synthesis filter memory 13 outputs a
response signal RSb, which contains one or more synthesis parameters SP,

which are fed to the synthesis filter memory 13.

Output signal OS1 of the synthesis filter module 13 is further fed to the de-
emphasis module 15, which outputs that decoded audio frame AF at the
sampling rate SR. The audio frame AF is further delayed by a delay inserter
16 and fit to the de-emphasis memory 6¢ as an interrogation signal ISc. The
de-emphasis memory 6¢ outputs a response signal RSc, which contains one
or more de-emphasis parameters DP which are fed to a de-emphasis module
15.

According to a preferred embodiment of the invention the one or more mem-
ories comprise 6a, 6b, 6¢ an adaptive codebook memory 6a configured to
store an adaptive codebook memory state AMS for determining one or more
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excitation parameters EP for the decoded audio frame AF, wherein the
memory state resampling device 10 is configured to determine the adaptive
codebook memory state AMS for determining the one or more excitation pa-
rameters EP for the decoded audio frame AF by resampling a preceding
adaptive codebook memory state PAMS for determining of one or more exci-
tation parameters for the preceding decoded audio frame PAF and to store
the adaptive codebook memory state AMS for determining of the one or more
excitation parameters EP for the decoded audio frame AF into the adaptive

codebook memory 6a.

The adaptive codebook memory state AMS is, for example, used in CELP
devices.

For being able to resample the memories 6a, 6b, 6¢, the memory sizes at
different sampling rates SR, PSR must be equal in terms of time duration
they cover. In other words, if a filter has an order of M at the sampling rate
SR, the memory updated at the preceding sampling rate PSR should cover at
least M*(PSR)/(SR) samples.

As the memory 6a is usually proportional to the sampling rate SR in the case
for the adaptive codebook, which covers about the last 20ms of the decoded
residual signal whatever the sampling rate SR may be, there is no extra

memory management to do.

According to a preferred embodiment of the invention the one or more mem-
ories 6a, 6b, 6¢c comprise a synthesis filter memory 6b configured to store a
synthesis filter memory state SMS for determining one or more synthesis fil-
ter parameters SP for the decoded audio frame AF, wherein the memory
state resampling device 1 is configured to determine the synthesis filter
memory state SMS for determining the one or more synthesis filter parame-
ters SP for the decoded audio frame AF by resampling a preceding synthesis

memory state PSMS for determining of one or more synthesis filter parame-
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ters for the preceding decoded audio frame PAF and to store the synthesis
memory state SMS for determining of the one or more synthesis filter param-

eters SP for the decoded audio frame AF into the synthesis filter memory 6b.

The synthesis filter memory state SMS may be a LPC synthesis filter state,
which is used, for example, in CELP devices.

If the order of the memory is not proportional to the sampling rate SR, or
even constant whatever the sampling rate may be, an extra memory man-
agement has to done for being able to cover the largest duration possible.
For example, the LPC synthesis state order of AMR-WB+ is always 16. At
12.8 kHz, the smallest sampling rate it covers 1.25ms although it represents
only 0.33ms at 48kHz. For being able to resample the buffer any of the sam-
pling rate between 12.8 and 48kHz, the memory of the LPC synthesis filter
state has to be extended from 16 to 60 samples, which represents 1.25 ms at
48kHz.

The memory resampling can be then described by the following pseudo-

code:

mem_syn_r_size_old = (int)(1.25*PSR/1000);
mem_syn_r_size_new = (int)(1.25*SR /1000);
mem_syn_r+L._SYN_MEM-mem_syn_r_size_new=
resamp(mem_syn_r+L._SYN_MEM-mem_syn_r_size_old,

mem_syn_r_size_old, mem_syn_r_size_new );

where resamp(x,},L.) outputs the input buffer x resampled from | to L samples.
L_SYN_MEM is the largest size in samples that the memory can cover. In
our case it is equal to 60 samples for SR<=48kHz. At any sampling rate,
mem_syn_r has to be updated with the last L_SYN_MEM output samples.

For(i=0 ;i<L_SYM_MEM ;i++)
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mem_syn_rli]=y[L_frame-L_SYN_ MEM+i] ;

where y[] is the output of the LPC synthesis filter and L_frame the size of the
frame at the current sampling rate.

However the synthesis filter will be performed by using the states from
mem_syn_r[L_SYN_MEM-M] to mem_syn_r[L. SYN_MEM-1].

According to a preferred embodiment of the invention the memory
resampling device 10 is configured in such way that the same synthesis filter
parameters SP are used for a plurality of subframes of the decoded audio
frame AF.

The LPC coefficients of the last frame PAF are usually used for interpolating
the current LPC coefficients with a time granularity of 5ms. If the sampling
rate is changing from PSR to SR, the interpolation cannot be performed. If
the LPC are recomputed, the interpolation can be performed using the newly
recomputed LPC coefficients. In the present invention, the interpolation can-
not be performed directly. In one embodiment, the LPC coefficients are not
interpolated in the first frame AF after a sampling rate switching. For all 5 ms

subframe, the same set of coefficients is used.

According to a preferred embodiment of the invention the memaory
resampling device 10 is configured in such way that the resampling of the
preceding synthesis filter memory state PSMS is done by transforming the
preceding synthesis filter memory state PSMS for the preceding decoded
audio frame PAF to a power spectrum and by resampling the power spec-
trum.

In this embodiment, if the last coder is also a predictive coder or if the last
coder transmits a set of LPC as well, like TCX, the LPC coefficients can be

estimated at the new sampling rate RS without the need to redo a whole LP
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analysis. The old LPC coefficients at sampling rate PSR are transformed to a
power spectrum which is resampled. The Levinson-Durbin algorithm is then

applied on the autocorrelation deduced from the resampled power spectrum.

According to a preferred embodiment of the invention the one or more mem-
ories 6a, 6b, 6¢ comprise a de-emphasis memory 6¢ configured to store a
de-emphasis memory state DMS for determining one or more de-emphasis
parameters DP for the decoded audio frame AF, wherein the memory state
resampling device 10 is configured to determine the de-emphasis memory
state DMS for determining the one or more de-emphasis parameters DP for
the decoded audio frame AF by resampling a preceding de-emphasis
memory state PDMS for determining of one or more de-emphasis parame-
ters for the preceding decoded audio frame PAF and to store the de-
emphasis memory state DMS for determining of the one or more de-
emphasis parameters DP for the decoded audio frame AF into the de-
emphasis memory 6c¢.

The de-emphasis memory state is, for example, also used in CELP.

The de-emphasis has usually a fixed order of 1, which represents 0.0781ms
at 12.8 kHz. This duration is covered by 3.75 samples at 48 kHz. A memory
buffer of 4 samples is then needed if we adopt the method presented above.
Alternatively, one can use an approximation by bypassing the resampling
state. It can be seen a very coarse resampling, which consists of keeping the
last output samples whatever the sampling rate difference. The approxima-

tion is most of time sufficient and can be used for low complexity reasons.

According to a preferred embodiment of the invention the one or more mem-
ories 6; 6a, 6b, 6¢ are configured in such way that a number of stored sam-

ples for the decoded audio frame AF is proportional to the sampling rate SR
of the decoded audio frame AF.
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According to a preferred embodiment of the invention the memory state
resampling device 10 is configured in such way that the resampling is done
by linear interpolation.

The resampling function resamp() can be done with any kind of resampling
methods. In time domain, a conventional LP filter and decima-
tion/oversampling is usual. In a preferred embodiment one may adopt a sim-
ple linear interpolation, which is enough in terms of quality for resampling
filter memories. It allows saving even more complexity. It is also possible to
do the resampling in the frequency domain. In the last approach, one doesn’t
need to care about the block artefacts as the memory is only the starting
state of a filter.

Fig. 5 illustrates a second embodiment of an audio decoder device according

to the invention in a schematic view.

According to a preferred embodiment of the invention the audio decoder de-
vice 1 comprises an inverse-filtering device 17 configured for inverse-filtering
of the preceding decoded audio frame PAF at the preceding sampling rate
PSR in order to determine the preceding memory state PMS; PAMS, PSMS,
PDMS of one or more of said memories6; 6a, 6b, 6¢, wherein the memory
state resampling device is configured to retrieve the preceding memory state

for one or more of said memories from the inverse-filtering device.

These features allow implementing the invention for such cases, wherein the

preceding audio frame PAF is processed by a non-predictive decoder.

In this embodiment of the present invention no resampling is used before the
inverse filtering. Instead the memory states MS themselves are resampled
directly. If the previous decoder processing the preceding audio frame PAF is
a predictive decoder like CELP, the inverse decoding is not needed and can
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be bypassed since the preceding memory states PMS are always maintained
at the preceding sampling rate PSR.

Fig. 6 illustrates more details of the second embodiment of an audio decoder

device according to the invention in a schematic view.

As shown in Fig. 6 the inverse-filtering device 17 comprises a pre-emphasis
module 18, and delay inserter 19, a pre-emphasis memory 20, an analyzes
filter module 21, a further delay inserter 22, and an analyzes filter memory

23, a further delay inserter 24, and an adaptive codebook memory 25.

The preceding decoded audio frame PAF at the preceding sampling rate
PSR is fed to the pre-emphasis module 18 as well as to the delay inserter 19,
from which is fed to the pre-emphasis memory 20. The so established pre-
ceding de-emphasis memory state PDMS at the preceding sampling rate is
then transferred to the memory state resampling device 10 and to the pre-

emphasis module 18.

The output signal of the pre-emphasis module 18 is fed to the analyzes filter
module 21 and to the delay inserter 22, from which it is set to the analyzes
filter memory 23. By doing so the preceding synthesis memory state PSMS
at the preceding sampling rate PSR is established. The preceding synthesis
memory state PSMS is then transferred to the memory state resampling de-
vice 10 and to the analysis filter module 21.

Furthermore, the output signal of the analyzes filter module 21 is set to the
delay inserter 24 and go to the adaptive codebook memory 25. By this the
preceding adaptive codebook memory state PAMS at the preceding sampling
rate PSR may be established the preceding adaptive codebook memory
state PAMS may then be transferred to the memory state resampling device
10.
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Fig. 7 illustrates a third embodiment of an audio decoder device according to

the invention in a schematic view.

According to a preferred embodiment of the invention the memory state
resampling device 10 is configured to retrieve the preceding memory state
PMS: PAMS, PSMS, PDMS for one or more of said memories 6 from of a
further audio processing device 26.

The further audio processing device 26 may be, for example, a further audio
decoder 26 device or a home for noise generating device.

The present invention can be used in DTX mode, when the active frames are
coded at 12.8 kHz with a conventional CELP and when the inactive parts are
modeled with a 16 kHz noise generator (CNG).

The invention can be used, for example, when combining a TCX and an

ACELP running at different sampling rates.

Fig. 8 illustrates an embodiment of an audio encoder device according to the

invention in a schematic view.

The audio encoder device is configured for encoding a framed audio signal
FAS. The audio encoder device 27 comprises:

a predictive encoder 28 for producing an encoded audio frame EAF from the
framed audio signal FAS, wherein the predictive encoder 28 comprises a pa-
rameter analyzer 29 for producing one or more audio parameters AP for the
encoded audio frame EAV from the framed audio signal FAS and wherein the
predictive encoder 28 comprises a synthesis filter device 4 for producing a
decoded audio frame AF by synthesizing one or more audio parameters AP
for the decoded audio frame AF, wherein the one or more audio parameters

AP for the decoded audio frame AF are the one or more audio parameters
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AP for the encoded audio frame EAV;

a memory device 5 comprising one or more memories 6, wherein each of the
memories 6 is configured to store a memory state MS for the decoded audio
frame AF, wherein the memory state MS for the decoded audio frame AF of
the one or more memories 6 is used by the synthesis filter 4 device for syn-
thesizing the one or more audio parameters AP for the decoded audio frame
AF; and

a memory state resampling device 10 configured to determine the memory
state MS for synthesizing the one or more audio parameters AP for the de-
coded audio frame AF, which has a sampling rate SR, for one or more of said
memories 6 by resampling a preceding memory state PMS for synthesizing
one or more audio parameters for a preceding decoded audio frame PAF,
which has a preceding sampling rate PSR being different from the sampling
rate SR of the decoded audio frame AF, for one or more of said memories 6
and to store the memory state MS for synthesizing of the one or more audio
parameters AP for the decoded audio frame AF for one or more of said

memories 6 into the respective memory 6.

The invention is mainly focused on the audio decoder device 1. However it
can also be applied at the audio encoder device 27. Indeed CELP is based
on an Analysis-by-Synthesis principle, where a local decoding is performed
on the encoder side. For this reason the same principle as described for the
decoder can be applied on the encoder side. Moreover in case of a switched
coding, e.g. ACELP/TCX, the transform-based coder may have to be able to
update the memories of the speech coder even at the encoder side in case of
coding switching in the next frame. For this purpose, a local decoder is used
in the transformed-based encoder for updating the memories state of the
CELP. It may be that the transformed-based encoder is running at a different
sampling rate than the CELP and the invention can be then applied in this

case.
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For synthesizing the audio parameters AP the synthesis filter 4 sends an in-
terrogation signal IS to the memory 6, wherein the interrogation signal IS de-
pends on the one or more audio parameters AP. The memory 6 returns a

response signal RS which depends on the interrogation signal IS and on the

memory state MS for the decoded audio frame AF.

It has to be understood that the synthesis filter device 4, the memory device
5, the memory state resampling device 10 and the inverse-filtering device 17
of the audio encoder device 27 are equivalent to the synthesis filter device
for, the memory device 5, the memory state resampling device 10 and the
inverse filtering device 17 of the audio decoder device 1 as discussed above.

According to a preferred embodiment of the invention the memory state
resampling device 10 is configured to retrieve the preceding memory state
PMS for one or more of said memories 6 from the memory device 5.

According to a preferred embodiment of the invention the one or more mem-
ories 6a, 6b, 6¢c comprise an adaptive codebook memory 6a configured to
store an adaptive codebook state AMS for determining one or more excita-
tion parameters EP for the decoded audio frame AF, wherein the memory
state resampling device 10 is configured to determine the adaptive codebook
state AMS for determining the one or more excitation parameters EP for the
decoded audio frame AF by resampling a preceding adaptive codebook
memory state PAMS for determining of one or more excitation parameters
EP for the preceding decoded audio frame PAF and to store the adaptive
codebook memory state AMS for determining of the one or more excitation
parameters EP for the decoded audio frame AF into the adaptive codebook
memory 6a. See Fig 4 and explanations above related to Fig. 4.

According to a preferred embodiment of the invention the one or more mem-

ories 6a, 6b, 6¢ comprise a synthesis filter memory 6b configured to store a
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synthesis filter memory state SMS for determining one or more synthesis fil-
ter parameters SP for the decoded audio frame AF, wherein the memory
state resampling device 10 is configured to determine the synthesis memory
state SMS for determining the one or more synthesis filter parameters SP for
the decoded audio frame AF by resampling a preceding synthesis memory
state PSMS for determining of one or more synthesis filter parameters for the
preceding decoded audio frame PAF and to store the synthesis memory
state SMS for determining of the one or more synthesis filter parameters SP
for the decoded audio frame AF into the synthesis filter memory 6b. See Fig
4 and explanations above related to Fig.4.

According to a preferred embodiment of the invention the memory state
resampling device 10 is configured in such way that the same synthesis filter
parameters SP are used for a plurality of subframes of the decoded audio
frame AF. See Fig 4 and explanations above related to Fig. 4.

According to a preferred embodiment of the invention the memory
resampling device 10 is configured in such way that the resampling of the
preceding synthesis filter memory state PSMS is done by transforming the
preceding synthesis filter memory state PSMS for the preceding decoded
audio frame PAF to a power spectrum and by resampling the power spec-

trum. See Fig 4 and explanations above related to Fig. 4.

According to a preferred embodiment of the invention the one or more mem-
ories 6; 6a, 6b, 6¢c comprise a de-emphasis memory 6¢ configured to store a
de-emphasis memory state DMS for determining one or more de-emphasis
parameters DP for the decoded audio frame AF, wherein the memory state
resampling device 10 is configured to determine the de-emphasis memory
state DMS for determining the one or more de-emphasis parameters DP for
the decoded audio frame AF by resampling a preceding de-emphasis
memory state PDMS for determining of one or more de-emphasis parame-

ters for the preceding decoded audio frame PAF and to store the de-
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emphasis memory state DMS for determining of the one or more de-
emphasis parameters DP for the decoded audio frame AF into the de-

emphasis memory 6¢. See Fig 4 and explanations above related to Fig. 4.

According to preferred embodiment of the invention the one or more memo-
ries 6a, 6b, 6¢ are configured in such way that a number of stored samples
for the decoded audio frame AF is proportional to the sampling rate SR of the
decoded audio frame. See Fig 4 and explanations above related to Fig. 4.

According to a preferred embodiment of the invention the memory
resampling device 10 is configured in such way that the resampling is done

by linear interpolation. See Fig 4 and explanations above related to Fig. 4.

According to a preferred embodiment of the invention the audio encoder de-
vice 27 comprises an inverse-filtering device 17 configured for inverse-
filtering of the preceding decoded audio frame PAF in order to determine the
preceding memory state PMS for one or more of said memories 6, wherein
the memory state resampling device 10 is configured to retrieve the preced-
ing memory state PMS for one or more of said memories 6 from the inverse-

filtering device 17. See Fig 5 and explanations above related to Fig. 5.

For details of the inverse-filtering device 17 see Fig 6 and explanations

above related to Fig. 6.

According to a preferred embodiment of the invention the memory state
resampling device 10 is configured to retrieve the preceding memory state
PMS; PAMS, PSMS, PDMS for one or more of said memories 6; 6a, 6b, 6¢
from of a further audio processing device. See Fig 7 and explanations above
related to Fig. 7.

With respect to the decoder and encoder and the methods of the described
embodiments the following is mentioned:
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Although some aspects have been described in the context of an apparatus,
it is clear that these aspects also represent a description of the correspond-
ing method, where a block or device corresponds to a method step or a fea-
ture 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.

Depending on certain implementation requirements, embodiments of the in-
vention can be implemented in hardware or in software. The implementation
can be performed using a digital storage medium, for example a floppy disk,
a DVD, a 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.

Some embodiments according to the invention comprise a data carrier hav-
ing electronically readable control signals, which are capable of cooperating
with a programmable computer system, such that one of the methods de-

scribed herein is performed.

Generally, embodiments of the present invention can be implemented as a
computer program product with a program code, the program code being
operative for performing one of the methods when the computer program
product runs on a computer. The program code may for example be stored
on a machine readable carrier.

Other embodiments comprise the computer program for performing one of
the methods described herein, stored on a machine readable carrier or a
non-transitory storage medium.
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In other words, an embodiment of the inventive method is, therefore, a com-
puter program having a program code for performing one of the methods de-

scribed 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, rec-
orded thereon, the computer program for performing one of the methods de-
scribed herein.

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 com-
puter, or a programmable logic device, configured to or adapted to perform
one of the methods described herein.

A further embodiment comprises a computer having installed thereon the

computer program for performing one of the methods described herein.

In some embodiments, a programmable logic device (for example a field pro-
grammable gate array) may be used to perform some or all of the functionali-
ties of the methods described herein. In some embodiments, a field pro-
grammable gate array may cooperate with a microprocessor in order to per-
form one of the methods described herein. Generally, the methods are ad-

vantageously performed by any hardware apparatus.

While this invention has been described in terms of several embodiments,
there are alterations, permutations, and equivalents which fall within the

scope of this invention. It should also be noted that there are many alterna-
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tive ways of implementing the methods and compositions of the present in-

vention. It is therefore intended that the following appended claims be inter-

preted as including all such alterations, permutations and equivalents as fall

within the true spirit and scope of the present invention.

Reference signs:

o0 N O oA W N -

11
12
13
14
15
16
17
18
19
20
21
22
23
24
25

audio decoder device
predictive decoder
parameter decoder
synthesis filter device
memory device
memory

inverse-filtering device

audio frame resampling device

parameter analyzer

memory state resampling device

excitation module
delay inserter
synthesis filter module
delay inserter
de-emphasis module
delay inserter
inverse-filtering device
pre-emphasis module
delay inserter
pre-emphasis memory
analyzes filter module
delay inserter
analyzes filter memory
delay inserter

adaptive codebook memory
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BS
AF
AP
MS
SR
PAF

RS
PSR
LPCC
PMS
AMS
EP
PAMS
OS
SMS
SP
PSMS
0S1
DMS
DP
PDMS
FAS
EAF

35

further decoder
audio encoder device
predictive encoder

parameter analyzer

bitstream

decoded audio frame

audio parameter

memory state for the audio frame
sampling rate

preceding decoded audio frame
interrogation signal

response signal

preceding sampling rate

linear prediction coding coefficient
preceding memory state

adaptive codebook memory state
excitation parameter

preceding adaptive codebook memory state
output signal of the excitation module
synthesis filter memory state
synthesis filter parameter

preceding synthesis filter memory state
output signal of the synthesis filter
de-emphasis memory state
de-emphasis parameter

preceding de-emphasis memory state
framed audio signal

encoded audio frame

PCT/EP2015/068778



10

15

20

25

30

1.

36

Claims

Audio decoder device for decoding a bitstream, the audio decoder device

comprising:

a predictive decoder for producing a decoded audio frame from the bit-
stream, wherein the predictive decoder comprises a parameter decoder
for producing one or more audio parameters for the decoded audio frame
from the bitstream and wherein the predictive decoder comprises a syn-
thesis filter device for producing the decoded audio frame by synthesizing

the one or more audio parameters for the decoded audio frame;

a memory device comprising one or more memories, wherein each of the
memories is configured to store a memory state for the decoded audio
frame, wherein the memory state for the decoded audio frame of the one
or more memories is used by the synthesis filter device for synthesizing
the one or more audio parameters for the decoded audio frame; and

a memory state resampling device configured to determine the memory
state for synthesizing the one or more audio parameters for the decoded
audio frame, which has a sampling rate, for one or more of said memories
by resampling a preceding memory state for synthesizing one or more
audio parameters for a preceding decoded audio frame, which has a pre-
ceding sampling rate being different from the sampling rate of the decod-
ed audio frame, for one or more of said memories and to store the
memory state for synthesizing of the one or more audio parameters for
the decoded audio frame for one or more of said memories into the re-

spective memory.

Audio decoder device according to the preceding claim, wherein the one
or more memories comprise an adaptive codebook memory configured to

store an adaptive codebook memory state for determining one or more
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excitation parameters for the decoded audio frame, wherein the memory
state resampling device is configured to determine the adaptive codebook
memory state for determining the one or more excitation parameters for
the decoded audio frame by resampling a preceding adaptive codebook
memory state for determining of one or more excitation parameters for the
preceding decoded audio frame and to store the adaptive codebook
memory state for determining of the one or more excitation parameters for

the decoded audio frame into the adaptive codebook memory.

. Audio decoder device according to one of the preceding claims, wherein

the one or more memories comprise a synthesis filter memory configured
to store a synthesis filter memory state for determining one or more syn-
thesis filter parameters for the decoded audio frame, wherein the memory
state resampling device is configured to determine the synthesis filter
memory state for determining the one or more synthesis filter parameters
for the decoded audio frame by resampling a preceding synthesis
memory state for determining of one or more synthesis filter parameters
for the preceding decoded audio frame and to store the synthesis memory
state for determining of the one or more synthesis filter parameters for the
decoded audio frame into the synthesis filter memory.

. Audio decoder device according to claim 3, wherein the memory

resampling device is configured in such way that the same synthesis filter
parameters are used for a plurality of subframes of the decoded audio

frame.

. Audio decoder device according to claim 3 or 4, wherein the memory

resampling device is configured in such way that the resampling of the
preceding synthesis filter memory state is done by transforming the pre-
ceding synthesis filter memory state for the preceding decoded audio
frame to a power spectrum and by resampling the power spectrum.
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6. Audio decoder device according to one of the preceding claims, wherein
the one or more memories comprise a de-emphasis memory configured
to store a de-emphasis memory state for determining one or more de-
emphasis parameters for the decoded audio frame, wherein the memory
state resampling device is configured to determine the de-emphasis
memory state for determining the one or more de-emphasis parameters
for the decoded audio frame by resampling a preceding de-emphasis
memory state for determining of one or more de-emphasis parameters for
the preceding decoded audio frame and to store the de-emphasis
memory state for determining of the one or more de-emphasis parame-

ters for the decoded audio frame into the de-emphasis memory.

7. Audio decoder device according to one of the preceding claims, wherein
the one or more memories are configured in such way that a number of
stored samples for the decoded audio frame is proportional to the sam-
pling rate of the decoded audio frame.

8. Audio decoder device according to one of the preceding claims, wherein
the memory state resampling device is configured in such way that the
resampling is done by linear interpolation.

9. Audio decoder device according to one of the preceding claims, wherein
the memory state resampling device is configured to retrieve the preced-
ing memory state for one or more of said memories from the memory de-

vice.

10. Audio decoder device according to one of the preceding claims, wherein
the audio decoder device comprises an inverse-filtering device configured
for inverse-filtering of the preceding decoded audio frame at the preced-
ing sampling rate in order to determine the preceding memory state of
one or more of said memories, wherein the memory state resampling de-
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vice is configured to retrieve the preceding memory state for one or more

of said memories from the inverse-filtering device.

11. Audio decoder device according to one of the preceding claims, wherein

the memory state resampling device is configured to retrieve the preced-
ing memory state for one or more of said memories from a further audio

processing device.

12.Method for operating an audio decoder device for decoding a bitstream,

the method comprising the steps of:

producing a decoded audio frame from the bitstream using a predictive
decoder, wherein the predictive decoder comprises a parameter decoder
for producing one or more audio parameters for the decoded audio frame
from the bitstream and wherein the predictive decoder comprises a syn-
thesis filter device for producing the decoded audio frame by synthesizing
the one or more audio parameters for the decoded audio frame;

providing a memory device comprising one or more memories, wherein
each of the memories is configured to store a memory state for the de-
coded audio frame, wherein the memory state for the decoded audio
frame of the one or more memories is used by the synthesis filter device
for synthesizing the one or more audio parameters for the decoded audio

frame;

determining the memory state for synthesizing the one or more audio pa-
rameters for the decoded audio frame, which has a sampling rate, for one
or more of said memories by resampling a preceding memory state for
synthesizing one or more audio parameters for a preceding decoded au-
dio frame, which has a preceding sampling rate being different from the
sampling rate of the decoded audio frame, for one or more of said memo-
ries; and
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storing the memory state for synthesizing of the one or more audio pa-
rameters for the decoded audio frame for one or more of said memories

into the respective memory.

13.Computer program, when running on a processor, executing the method

according to the preceding claim.

14. Audio encoder device for encoding a framed audio signal, the audio en-

coder device comprising:

a predictive encoder for producing an encoded audio frame from the
framed audio signal, wherein the predictive encoder comprises a parame-
ter analyzer for producing one or more audio parameters for the encoded
audio frame from the framed audio signal and wherein the predictive en-
coder comprises a synthesis filter device for producing a decoded audio
frame by synthesizing one or more audio parameters for the decoded au-
dio frame, wherein the one or more audio parameters for the decoded
audio frame are the one or more audio parameters for the encoded audio

frame;

a memory device comprising one or more memories, wherein each of the
memories is configured to store a memory state for the decoded audio
frame, wherein the memory state for the decoded audio frame of the one
or more memories is used by the synthesis filter device for synthesizing

the one or more audio parameters for the decoded audio frame; and

a memory state resampling device configured to determine the memory
state for synthesizing the one or more audio parameters for the decoded
audio frame, which has a sampling rate, for one or more of said memories
by resampling a preceding memory state for synthesizing one or more
audio parameters for a preceding decoded audio frame, which has a pre-
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ceding sampling rate being different from the sampling rate of the decod-
ed audio frame, for one or more of said memories and to store the
memory state for synthesizing of the one or more audio parameters for
the decoded audio frame for one or more of said memories into the re-

spective memory.

15. Audio encoder device according to the preceding claim, wherein the one

or more memories comprise an adaptive codebook memory configured to
store an adaptive codebook state for determining one or more excitation
parameters for the decoded audio frame, wherein the memory state
resampling device is configured to determine the adaptive codebook state
for determining the one or more excitation parameters for the decoded
audio frame by resampling a preceding adaptive codebook memory state
for determining of one or more excitation parameters for the preceding
decoded audio frame and to store the adaptive codebook memory state
for determining of the one or more excitation parameters for the decoded
audio frame into the adaptive codebook memory.

16. Audio encoder device according to claim 14 or 15, wherein the one or

more memories comprise a synthesis filter memory configured to store a
synthesis filter memory state for determining one or more synthesis filter
parameters for the decoded audio frame, wherein the memory state
resampling device is configured to determine the synthesis memory state
for determining the one or more synthesis filter parameters for the decod-
ed audio frame by resampling a preceding synthesis memory state for de-
termining of one or more synthesis filter parameters for the preceding de-
coded audio frame and to store the synthesis memory state for determin-
ing of the one or more synthesis filter parameters for the decoded audio

frame into the synthesis filter memory.

17.Audio encoder device according to the preceding claim, wherein the

memory state resampling device is configured in such way that the same



42

synthesis filter parameters are used for a plurality of subframes of the de-
coded audio frame.

18. Audio encoder device according to claim 16 or 17, wherein the memory
resampling device is configured in such way that the resampling of the
preceding synthesis filter memory state is done by transforming the pre-
ceding synthesis filter memory state for the preceding decoded audio

frame to a power spectrum and by resampling the power spectrum.

19. Audio encoder device according to one of the claims 14 to 18, wherein
the one or more memories comprise a de-emphasis memory configured
to store a de-emphasis memory state for determining one or more de-
emphasis parameters for the decoded audio frame, wherein the memory
state resampling device is configured to determine the de-emphasis
memory state for determining the one or more de-emphasis parameters
for the decoded audio frame by resampling a preceding de-emphasis
memory state for determining of one or more de-emphasis parameters for
the preceding decoded audio frame and to store the de-emphasis
memory state for determining of the one or more de-emphasis parame-

ters for the decoded audio frame into the de-emphasis memory.

20. Audio encoder device according to one of the claims 14 to 19, wherein
the one or more memories are configured in such way that a number of
stored samples for the decoded audio frame is proportional to the sam-

pling rate of the decoded audio frame.

21.Audio encoder device according to one of the claims 14 to 20, wherein
the memory resampling device is configured in such way that the

resampling is done by linear interpolation.

22. Audio encoder device according to one of the claims 14 to 21, wherein
the memory state resampling device is configured to retrieve the preced-
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ing memory state for one or more of said memories from the memory de-

vice.

23. Audio encoder device according to one of the claims 14 to 22, wherein

the audio encoder device comprises an inverse-filtering device configured
for inverse-filtering of the preceding decoded audio frame in order to de-
termine the preceding memory state for one or more of said memories,
wherein the memory state resampling device is configured to retrieve the
preceding memory state for one or more of said memories from the in-

verse-filtering device.

24. Audio encoder device according to one of the claims 14 to 23, wherein

the memory state resampling device is configured to retrieve the preced-
ing memory state for one or more of said memories from of a further au-

dio processing device.

25. Method for operating an audio encoder device for encoding a framed au-

dio signal, the method comprising the steps of:

producing an encoded audio frame from the framed audio signal using a
predictive encoder, wherein the predictive encoder comprises a parame-
ter analyzer for producing one or more audio parameters for the encoded
audio frame from the framed audio signal and wherein the predictive en-
coder comprises a synthesis filter device for producing a decoded audio
frame by synthesizing one or more audio parameters for the decoded au-
dio frame, wherein the one or more audio parameters for the decoded
audio frame are the one or more audio parameters for the encoded audio

frame;

providing a memory device comprising one or more memories, wherein
each of the memories is configured to store a memory state for the de-
coded audio frame, wherein the memory state for the decoded audio
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frame of the one or more memories is used by the synthesis filter device
for synthesizing the one or more audio parameters for the decoded audio
frame;

determining the memory state for synthesizing the one or more audio pa-
rameters for the decoded audio frame, which has a sampling rate, for one
or more of said memories by resampling a preceding memory state for
synthesizing one or more audio parameters for a preceding decoded au-
dio frame, which has a preceding sampling rate being different from the
sampling rate of the decoded audio frame, for one or more of said memo-

ries; and

storing the memory state for synthesizing of the one or more audio pa-
rameters for the decoded audio frame for one or more of said memories

into the respective memory.

26.Computer program, when running on a processor, executing the method

according to the preceding claim.





