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relates to audio processing and, in particular to an apparatus and net hod
for processing an audi o signal and for providing a higher tenporal
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and MPEG Surround (MPEG = Moving Picture Experts Group), plus tools from traditional
20  speech coders, such as ACELP (ACELP = Algebraic Code Excited Linear Prediction).
Both, ACELP and transform coder, run usually at the same time within the same
environment (i.e. frame size, sampling rate), and can be easily switched: usually, for clean
speech signals, the ACELP tool is used, and for music, mixed signals the transform coder
is used.
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The ACELP tool is at the same time limited to work only at comparably low sampling
rates. For 24 kbit/s, a sampling rate of only 17075Hz is used. For higher sampling rates, the
ACELP tool starts to drop significantly in performance. The transform coder as well as
SBR and MPEG Surround however would benefit from a much higher sampling rate, for
30  example 22050 Hz for the transform coder and 44100 Hz for SBR and MPEG Surround.
So far, however, the ACELP tool limited the sampling rate of the complete system, leading

to a suboptimal system in particular for music signals.

The object of the present invention is to provide improved concepts for an apparatus and
35 method for processing an audio signal. The object of the present invention is solved by an
apparatus according to claim 1, a method according to claim 15, an apparatus according to

claim 16, a method according to claim 18 and a computer program according to claim 19.
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30 An apparatus for processing an audio signal is provided. The apparatus comprises a signal
processor and a configurator. The signal processor is adapted to receive a first audio signal
frame having a first configurable number of samples of the audio signal. Moreover, the
signal processor is adapted to upsample the audio signal by a configurable upsampling
factor to obtain a processed audio signal. Furthermore, the signal processor is adapted to

output a second audio signal frame having a second configurable number of samples of the
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processed andio signal.
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The proposed extra setting greatly improves the flexibility of the system, since it allows the

system including the ACELP tool to be operated at higher sampling rates, such as 44.1 and
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In an embodiment, the configurator is adapted to configure the signal processor such that
35  the configurable upsampling factor is equal to 2 when the first ratio has the first ratio
value, and wherein the configurator is adapted to configure the signal processor such that
the configurable upsampling factor is equal to 8/3 when the second ratio has the different

second ratio value.
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50  time domain into a frequency domain to obtain a frequency-domain preprocessed audio
signal comprising a plurality of subband signals, a subband generator for creating and

adding additional subband signals for the frequency-domain preprocessed audio signal, and

a synthesis filter bank having a number of synthesis filter bank channels for transforming

the first preprocessed audio signal from the frequency domain into the time domain to

35  obtain the processed audio signal. The configurator may be adapted to configure the signal
processor by configuring the number of synthesis filter bank channels or the number of

analysis filter bank channels such that the configurable upsampling factor is equal to a

third ratio of the number of synthesis filter bank channels to the number of analysis filter



35Mor eover, an apparatus for processing an audio signal is provided. The
apparatus conprises a signal processor and a con.figurator. The signal
processorwD20edapied to receive a first audio signal frace/Erawiliog3asfirst
confi gurabl e nunber of sanples of thé& audio signal. Mreover, the signal
processor is adapted to downsanple the audio signal by a WO

2012/ 045744PCT/ EP2011/ 067318 7 configurabl e downsanpling factor to obtain a
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accordin
whex ein the first core decoder may be adapted to operate in a time domain and wherein the

second core decoder may be adapted to operate in a frequency domain. The first core
decoder may be an ACELP decoder and the second core decoder may be a FD transfom

.3 decoder or a TCX transform decoder.

In an embodiment, the super-frame size for the ACELP codec is reduced from 1024 to 763
samples. This could be done by combining 4 ACELP frames of size 192 (3 sub-frames of
size 64) to one core-coder frame of size 768 (previously: 4 ACELP frames of size 256

20  were combined to a core-coder frame of size 1024). Another solution for reaching a core-
coder frame size of 768 samples would be for example to combine 3 ACELP frames of
size 256 (4 sub-frames of size 64).

According to a further embodiment, the configurator is adapted to configure the signal
25  processor based on the configuration information indicating at least one of the first
configurable number of samples of the audio signal or the second configurable number of

samples of the processed audio signal.

In another embodiment, the configurator is adapted to configure the signal processor based
30  on the configuration information, wherein the configuration information indicates the first
configurable number of samples of the audio signal and the second configurable number of
samples of the processed audio signal, wherein the configuration information is a

configuration index.

35  Moreover, an apparatus for processing an audio signal is provided. The apparatus
comprises a signal processor and a configurator. The signal processor is adapted to receive
a first audio signal frame having a first configurable number of samples of the audio signal.

Moreover, the signal processor is adapted to downsample the audio signal by a



20Fig. 2illustrates an apparatus for processing an audi o signal according
to anot her enbodinent, Fig, 3illustrates an upsanpling process conducted by
an appar ao20eoestdi ng to an enbodi ment, 25 Fig 4il| ust PaT@EP2@n/oappar at us
for processing an audio signal according to a further enbodi nent, Fig.
Saillustrates a core decoder nodul e according to an enbodi ment, 30 Fig,
Shillustrates an apparatus for processing an audio signal according to the
enbodi megp, furkilg-domshhfin eRi® Wesnsara pRdeised aggior dipng. Forthdringre, S8 Fi g,
6ail lustrates an ACELP super franme conpri sing.4 AC owraqgs 3% gi%.

bi | | ust PRNES PHFREELP SABe Py SHEUCAnpEPS] fg0s ASEDPUHPRNGY g grecdhd

7ai | | ust raiRsurble ndebaud tsasetdsiofighegfrotdSAD audi3i2@d.2/ 045744PCT/ EP2011/ 067318
Fig. 7billustrates an extra setting for USAC according to an enbodi nent,

5  The configurator may be adapted to configure the signal processor based on configuration
information such that the configurable downsampling factor is equal to a first
downsampling value when a first ratio of the second configurable number of samples to the
first configurable number of samples has a first ratio value. Moreover, the configurator is
adapted to configure the signal processor such that the configurable downsampling factor

10 is equal to a different second downsampling value, when a different second ratio of the
second configurable number of samples to the first configurable number of samples has a

different second ratio value. The first or the second ratio value is not an integer value.

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

.5  the accompanying figures, in which:

Fig. 1 illustrates an apparatus for processing an audio signal according to an
embodiment,
20  Fig. 2 illustrates an apparatus for processing an audio signal according to another
embodiment,
Fig. 3 illustrates an upsampling process conducted by an apparatus according to an
embodiment,
25
Fig. 4 illustrates an apparatus for processing an audio signal according to a further
embodiment,
Fig. 5a illustrates a core decoder module according to an embodiment,
30
Fig. 5b illustrates an apparatus for processing an audio signal according to the
embodiment of Fig. 4 with a core decoder module according to Fig. 5a,
Fig. 6a illustrates an ACELP super frame comprising 4 ACELP frames,
35
Fig. 6b illustrates an ACELP super frame comprising 3 ACELP {rames,

Fig. 7a illustrates the default setting of USAC,



Fig. 8a, 8billustrate the results of a listening test according to MJSHRA
nmet hodol ogy, 5and Fig. 9illustrates an apparatus for processing an audio
si gnal acwondizngst4e an alternative enbodi nent. 10Fi g. 1PCTIERPStInatBs3s8 an
apparatus for processing an audi o si gnal according to an enbodi ment. The
apparatus conprises a signal processor 110 and a configurator 120. The
signal processor 110 is adapted to receive a first audio signal frane 140
having a first configurable nunber of sanples 145 of the audi o signal.

Mor eover, the sign rocessor 110 i ed to upsanpl.e it he audi o signal
by a configuPabl e §b§§ﬁﬁﬁ?ﬁ§XW%%?%mg?%%gﬁggPﬂx? “%8b¥§%@¥§%8%EUdio siggal.
Furthfrpnre, the signal processor is adapted to output a second audio
signal fr, 150 hayi a,.sec onf. nu s f the
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configurator 120 i gjtaeapieshbqligenti gure the signal processor 110 such that
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is greater than the first ratio of the segond confi.qur f
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enbodi mendrocdstre adinf siguat or 120 i s adapted to configure the signa
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sanpl es tThet wenfigursior cOWY iigdaped wuspelizwe Sanpeed Rseshe i ?“gaPPo
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First confi gurabl e DUADSL R SAMPLERNRS 110 Sudl PR LontRARMEE [REhRIKE! ue-
factor is equal to a different second upsampling value, when a different second ratio of the
25  second configurable number of samples to the first configurable number of samples has a

different second ratio value. The first or the second ratio value is not an integer value.
An apparatus according to Fig. 1 may for example be employed in the process of decoding.

50  According to an embodiment, the configurator 120 may be adapted to configure the signal
processor 110 such that the different second upsampling value is greater than the first
different upsampling value, when the second ratio of the second configurable number of
samples to the first configurable number of samples is greater than the first ratio of the
second configurable number of samples to the first configurable number of samples. In a

further embodiment, the configurator 120 is adapted to configure the signal processor 110

o
W

such that the configurable upsampling factor is equal to the first ratio value when the first
ratio of the second configurable number of samples to the first configurable number of

samples has the first ratio value, and wherein the configurator 120 is adapted to configure



5In anot her enbodi ment, the configurator 120 is adapted to configure the
signal processor 110 such that the configurable upsanpling factor is equal
to 2 wherwOhe12d4smit rati o has the first ratio val ue, an@®CEEPr@il06130e
configurator 120 is adapted to confidure the signal processor 110 such that
t he configurabl e upsanpling factor is equal to 8/ 3 when the second ratio
has the different second ratio value. According to a further enbodi nent,
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205 and aae@nhbigequat or2(283vhefihle sicgmbtatiphos éssbifer205ccanriigaslua. cor e
decoder nodul e 210, an analysis filter bank 220, a subband generator 230

and a synthesis 35filter bank 240.
In an embodiment, the configurator 120 is adapted to configure the signal processor 110

based on the configuration information ci, wherein the configuration information ci
indicates the upsampling factor, the first configurable number of samples of the audio
20  signal and the second configurable number of samples of the processed audio signal,

wherein the configuration information is a configuration index.

The following table illustrates an example for a configuration index as configuration

information:
25
coreCoderFrameLength seratm Oll‘t‘pl“lng}‘qu@I@ngmth_u
768 I 83 2048
1024 L2 2048 |

wherein “Index” indicates the configuration index, wherein “coreCoderFrameLength”
indicates the first configurable number of samples of the audio signal, wherein “sbrRatio”
indicates the upsampling factor and wherein “outputFrameLength” indicates the second

30  configurable number of samples of the processed audio signal.

Fig. 2 illustrates an apparatus according to another embodiment. The apparatus comprises a

signal processor 205 and a configurator 208. The signal processor 205 comprises a core

decoder module 210, an analysis filter bank 220, a subband generator 230 and a synthesis
35 filter bank 240.



WO 2012/ 045744PCT/ EP2011/ 067318 The core decoder nodul e 210 is adapted to
receive an audi o signal asl. After receiving the audio signal asl, the core
decoder mvdube/@iB4decodes the audio signal to obtain appr&Ere@cessesl audi o
signal as2. Then, the core decoder mdbdul e 210 feeds the preprocessed 5audio
signal as2, being represented in a tinme domain, into the analysis filter
bank 220. The analysis filter bank 220 is adapted to transformthe
preprocessed audio signal as2 froma time domain into a frequency donain to
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. 50bank. e synthesis filter 240 I1s adapted to transformthe

modi fi ed sbblsgdarosra@oad?-n preprocessed audio signal as4 froma frequency
domaibg into a time donain to obt ain a tine-donmai n processed audi o signal
as5. The synt fﬁy{mg filter s, conf i

The sub benerator 13 ﬂlapte to2creRe & ltmnt%xll subband signals for the
frequency-domain audio signal as3. Moreover, the subband generator 230 is adapted to
modify the preprocessed frequency-domain audio signal as3 to obtain a modified
frequency-domain audio signal as4 which comprises the subband signals of the
25  preprocessed frequency-domain audio signal as3 and the created additional subband
signals created by the subband generator 230. The number of additional subband signals
that are generated by the subband generator 230 is configurable. In an embodiment, the
subband generator is a Spectral Band Replicator (SBR). The subband generator 230 then
feeds the modified frequency-domain preprocessed audio signal as4 into the synthesis filter

30 bank.

The synthesis filter bank 240 is adapted to transform the modified frequency-domain
preprocessed audio signal as4 from a frequency domain into a time domain to obtain a

time-domain processed audio signal as5. The synthesis filter bank 240 has a configurable

(W)
L,

number of synthesis filter bank channels (synthesis filter bank bands). The number of
synthesis filter bank channels is configurable. In an embodiment, the number of synthesis
filter bank channels may be set by setting the value of a configurable parameter c2. For

example, the synthesis filter bank 240 may be configured to have 64 synthesis filter bank



35 nunber of synthesis filter bank channels (synthesis filter bank bands).
The nunber of synthesis .filter bank channels is configurable. In an
enbodi nerwo 20teasanber of synthesis filter bank channel Crap2iia/06m18 by
setting the value of a configurable paraneter c2. For exanple, the
synthesis .filter bank 240 may be configured to have 64 synthesis filter
bank WD 2012/ 045744PCT/ EP2011/ 067318 11 channels. In the enbodi nent of
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t he enbodi nent of Fi.g., 2 h sanpling factor u can be set to a nunber
that is HﬁugﬁBT%V?%ggﬂéPsggﬁbéﬁ'For exanpl e, the upsanpling factor u nay
be set to the value 8/ 3, by setting the nunber of analysis filter bank

channel s :As%gm‘l_'n%\ﬁxa%g aEéﬁoSﬁ%xﬁi RY {Re AUPeE 2t By Bhhasdusihg tHaethebanlksis
channel s:” ¢c2 = , such that: i

filter bank 220 has c1 analysis filter bank channels and that the synthesis filter bank 240

20  has ¢2 synthesis filter bank channels, the processed audio signal as5 has a sampling rate

st
sr5 = (c2/cl) - srl.

25  ¢2/cl determines the upsampling factor
u=c2/cl.

In the embodiment of Fig. 2, the upsampling factor u can be set to a number that is not an
50 integer value, For example, the upsampling factor u may be set to the value 8/3, by setting
the number of analysis filter bank channels: ¢1 = 24 and by setting the number of synthesis

filter bank channels: ¢2 = 64, such that:

u=8/3 = 064/24.

35
Assuming that the subband generator 230 is a Spectral Band Replicator, a Spectral Band
Replicator according to an embodiment is capable to generate an arbitrary number of

additional subbands from the original subbands, wherein the ratio of the number of



u= 8/3 = 64/24 35 Assunming that the subband generator 230 is a Spectral
Band Replicator, a Spectral Band Replicator according to an enbodinent is
capabl e twogemdnate an arbitrary nunmber of additional swbibardsi1fosBnsthe
ori gi nal subbands, wherein the ratio'of the nunber of WO

2012/ 045744PCT/ EP2011/ 067318 12 generated additi onal subbands to the nunber
of already avail abl e subbands does not have to be an integer. For exanple,

a Spectr gk, Band JRenbhAalBbarAs ¢t NNk oaranemoaiianeme stBtyand o deksciot thivee
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;ubbandscgmm@rgmﬁum@ﬁm@u&mef of generated additional subbands may be an
integer nmultiple of the nunmber of the already avail abl e subbands. For
exanple, 24 (or, for exanple, 48) additional subband signals may be
gener &t edn hriom &4p,ché Gipaetral Siapd dbrgplisitgnadpdicates Hie zinabes sgh‘aqnd(tégnjﬂ‘% Phe
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step, as desire n%
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si tuati ong,ff @ b@ (&, F&i &Qﬂdhﬁ@eﬁg) al:lflltﬁ)halhubﬁaxﬁqu@halb onayliRs gd‘:xh:encd hemnuhber

ci 1 of avai sybba ignal.s i r o n
signal s ﬁééﬂég“ﬂﬁﬁ g gﬁ Eag&?ﬂgiﬂﬁﬁﬁq ?ﬁﬁﬁ?faﬁnﬁF#ﬁsiﬁi%d IQ;gythan
cl 1jo0thes dotilcturbaied) | of avail able subband signals is greater than 20
t he nunber c12 of subband signals needed. According to an enbodlnent the
hi ghest frequency subband signals m ght be del eted. For xanple

subband $ignaicendsepavsiuiang ehaaribe idpsied) yurgher stfbpwhand Pighals gs &l é aﬁ@ éH%d

the three,spapapd, sig ”ﬁJaﬁaM’bt:ﬂlelﬂﬁi kigahrsts éﬂeQH%Cbﬁfmtﬂl'ﬂtsﬂlﬁﬁtuﬁiss@@lr ded.
251 f el2 1s greater than ell, then the nunber ell of avail abl e subband

signal s idistiggaiched t han the nunmber c12 of subband si gnal s needed.
)
If c11 is equal to cl2, then the number c11 of available subband signals is equal to the

number ¢12 of subband signals needed. No subband adjustment is required.

If ¢12 is smaller than c11, then the number c11 of available subband signals is greater than
20  the number c12 of subband signals needed. According to an embodiment, the highest
frequency subband signals might be deleted. For example, if 64 subband signals are
available and if only 61 subband signals are needed, the three subband signals with the

highest frequency might be discarded.

25  Ifcl?2 is greater than c11, then the number c11 of available subband signals is smaller than

the number c12 of subband signals needed.

According to an embodiment, additional subband signals might be generated by adding
zero signals as additional subband signals, i.e. signals where the amplitude values of each
30  subband sample are equal to zero. According to another embodiment, additional subband
signals might be generated by adding pseudorandom subband signals as additional subband
signals, i.e. subband signals where the values of each subband sample comprise
pseudorandom data. In another embodiment, additional subband signals might be
generated by copying the sample values of the highest subband signal, or the highest

suband signals, and to use them as sample values of the additional subband signals (copied

(98]
L

subband signals).



According to an enbodi nent, additional subband signals m ght be generated
by adding zero signals as additional subband signals, i.e. signals where
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domai n. HnmEbgmuﬂamdhh@afmnBeﬁe@mmaﬁdom@ewmEmﬁcmeahmxm5mngLP decoder and
t he S, cond core decoder 520 is an FD transfom decoder, e.g. an AAC
transtorm decoder. In an alternative enbodi nent, the second core decoder
520 is a FiEXSa flhwnsites mederdetordsr Degeladicnydon okt ebodamenty 1Ny oG degeds

signal papt {hﬂ@ c%?ﬂ%ﬁn} ﬁh?%oﬁ:Rﬁ%Sﬁbx dabain@la QLh& caldicBoddatsar. Tenat torei ng

audi o signa on asp, is either processed by

decodor 510 is adapted to operate in a time domain and wherein the second core decoder
520 is adapted to operate in a frequency domain. In Fig. 52, the first core decoder 510 is an

35  ACELP decoder and the second core decoder 520 is an FD transfom decoder, e.g. an AAC
transform decoder. In an alternative embodiment, the second core decoder 520 is a TCX
transform decoder. Depending on whether an arriving audio signal portion asp contains

speech data or other audio data, the arriving audio signal portion asp is either processed by



WO 2012/ 045744PCT/ EP2011/ 067318 14 the ACELP decoder 510 or by the FD
transf orm decoder 520. The output of the core decoder nodule is a

pr epr oceswodopanusisan of the audi o signal pp-asp. Fig. S5pCriHrasitineat3es an
apparatus for processing an audi o siYyhal according to the enbodi nent of
Fig. 4 with a core decoder nodul e according to Fig. 5a. In an enbodi nent,
the super-frame size for the ACELP codec is reduced from 1024 to 768

sanpl es. hingrrQubigtoler domer by Gerdm ﬂiaﬂ@lfoﬂn&%h&?frf Foamgheafutnitze thd2ofS3
sub-frames of si 0 _one of, size 768 (previously: 4
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be fof emaﬁnjé\mdlmmnbﬂnQMGrm@EUPﬂfﬂaﬁég1@fu§§§e 256 (4 sub frames of size
64). Fig. 6b illustrates an ACELP super frane 625 conprising 3 ACELP franes

630. Each one of the ACELP franmes 630 conprises 4 sub-fr S , - g. 7b
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fllter transforma tinme donmain audio signal into a
frequencworixpna%rﬁ Sulvhféfﬁléﬁa“ﬁ]ﬁhe frequency domai n audi o signal conprises 32
subbands. The frequency domain audio signal is then inputted into an

upsanpl er 720. The upsanpler 720 is a up ple the fr
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upsanpleﬁ“”%@ﬁﬁﬁ$e§§€£ﬁeﬁP? Qﬁ§¥3%gpecP?l§R§ E%g??@g??ﬁh ??kéﬁghg;g% to
generateAm“ﬁhbrtrafxfeeq&@nmyxpsmslémudldm@rfﬁﬁower frequency subbands bei ng
inputted into the spectral band replicator. 35 The upsanpl ed frequency

domai n audio signal is then fed into an MPEG Surround (MPS %fcpder 730.
The MPS dégctienilize thepagapdeddtiongective wfadvéﬁh‘?‘%?éaﬂ%wiés AL STHREES o

deri vg frt@Qh@HﬁMthm@AG%ﬂH@ $ig0f7a ang Ubr QUnRsk SlegRabder anemamnﬂyemnyue MPS
decoder 730 nay be ada tedi hqezner%zaztebg upm xed frequency donai n surround
channel s L@f:datoperatmgpo ts as 24 kbit/s or 32 kbil/s.

In Fig. 7a, illustrating USAC RM9 (USAC reference model 9), default setting, an audio
signal frame is inputted a QMF analysis filter bank 710. The QMF analysis filter bank 710
25  has 32 channels. The QMF analysis filter bank 710 is adapted to transform a time domain
audio signal into a frequency domain, wherein the frequency domain audio signal
comprises 32 subbands. The frequency domain audio signal is then inputted into an
upsampler 720. The upsampler 720 is adapted to upsample the frequency domain audio
signal by an upsampling factor 2. Thus, a frequency domain upsampler output signal
50  comprising 64 subbands is generated by the upsampler. The upsampler 720 is an SBR
(Spectral Band Replication) upsampler. As already mentioned, Spectral Band Replication
is employed to generate higher frequency subbands from lower frequency subbands being

inputted into the spectral band replicator.

[oS)
Lh

The upsampled frequency domain audio signal is then fed into an MPEG Surround (MPS)
decoder 730. The MPS decoder 730 is adapted to decode a downmixed surround signal to
derive frequency domain channels of a surround signal. For example, the MPS decoder

730 may be adapted to generate 2 upmixed frequency domain surround channels of a



WO 2012/ 045744PCT/ EP2011/ 067318 frequency domai n surround signal. In

anot her enbodi nent, the MPS decoder 730 nay be adapted to generate 5

upr ni xed woegquansu4domai n surround channel s of a frequemrcCy/Eponaion73s&Ir r ound
signal. The channels of the frequencl® domain surround signal are then fed
into the QW synthesis filter bank 740. The QW synthesis filter bank 740
is adapted to S5transformthe channels of the frequency domain surround
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7b illustra 0 ey S&tdd dghaf or USAC. An QVF anal ysis filter
bank 750,OE g‘ﬁﬁlf}%?gnn%{neﬁﬁ%%ﬁggh l\/%S decsggé]éir 770 and a synthesis filter bank

780 are illustrated. in contrast to the default setting, the USAC codec
operates éf}sg,fgx_ ?% sf@éxf?ﬁfbsﬁg%@ﬂe&@dcﬁ%?éﬂaﬂi@ R8s dfﬁiﬁl/t 36t|ﬁi5(§ hﬁm:leyeteﬁDWhe cader )
runs at of the output .sa ng rate.fout Rt sane _coptext., the
cor e- codéPIFARFEAE ’?éllwgﬁéﬂfyeﬁﬂggﬁﬁmﬂgﬁg fipRebpalbp ¥ %‘%B‘.ua‘%gp glggé)iﬁﬁg i on of
a 2024 bamd vpsahylsigshyQVEckdr lof eris bagikeitinperéorovd asnde thy HBRetobl biyicomdiipank

i nsi de the, SBR tool, .a R NG Inth Q8 QRIF Barll AMRieLAGhE Of
2048 sanyl %fg%%ﬁa%éy béscﬁi%tg@g; ?%ﬁjs’rmstg{h? ?‘%%‘S(f ?38}/\/5& o(r2 a vgry mjlérzf i néreased
t enpor al sgmamait.aftiet SBR trol butphts feasnes-od 6irer2Vanat fadtdi t i onal tool s: \Wer eas
tool s such as SBR and MPEG Surround can be operated at a 25hi gher sanpling
rate, the core-coder sanpling rate is reduced apd_instead .t franme,l.ength
shor t enedig-Bp Hlnpteatsiaiic PAMOSebRPEhEHINS @é:ﬂf%?lﬂ? Ql\gﬁé’}’%yﬁfﬁﬁﬁﬁ’é{mn@%ga

envi r.gnmegtupsampled760) af MRSl i g ats 77@NundAGyatdes fitpbakedOase tlostatebder nmay
still determ ne scal efactors based on an 1/2 fout sanpling rate, even if

the AAC coder operates at 318th of the output ..30sanpling rate foui. The
t abl e bellawoprovids ddéitiscengnieheiAC ondearmerdterginrthe popasid Strafettidgeat i on

for the an 8/3 system. The core-coder runs at 3/8" of the output sampling rate fou. In the same
context, the core-coder frame size was scaled down by a factor of %. By combination of a
20 24 band analysis QMF filter bank and a 64 band synthesis filter bank inside the SBR tool,

an output sampling rate of £y, at a frame length 0£2048 samples can be achieved.

This setting allows for a very much increased temporal granularity for both, core-coder and
additional tools: Whereas tools such as SBR and MPEG Surround can be operated at a
25  higher sampling rate, the core-coder sampling rate is reduced and instead the frame length

shortened. By this way, all components can work in their optimal environment.

In an embodiment, an AAC coder employed as core coder may still determine scalefactors

based on an Y% fou sampling rate, even if the AAC coder operates at 3/8"™ of the output

30 sampling rate fou.

The table below provides detailed numbers on sampling rates and frame duration for the
USAC as used in the USAC reference quality encoder. As can be seen, the frame duration
in the proposed new setting can be reduced by nearly 25%, which leads to positive effects
35 for all non-stationary signals, since the spreading of coding noise can also be reduced by
the same ratio. This reduction can be achieved without increasing the core-coder sampling

frequency, which would have moved the ACELP tool out of its optimized operation range.



. USAC as used in the USAC reference quality encoder. As can be seen, the
frame duration in the proposed new setting can be reduced by nearly 25%
whi ch | eawl® 20 2/(poBitt | ve effects 35 for all non-stati onaPgTgiPgealos]31si nce
t he spreadi ng of coding noise can al ¥ be reduced by the sane ratio. This
reduction can be achieved w thout increasing the core-coder sanpling
frequency, which would have noved the ACELP tool out of its optim zed
operation range. The table illustrates sanpling rates and frane duration
for default and propose w.setting as e he ref '
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1/ 4. \WheregmosthecwD codel6537.1 He st andar4tlvede oper at es 4% transform
si zes Ofa%ﬁﬁé and 128, additional transforns of size 768 and 96 are

i ntroduced—by-thenew setting. For the TCX ~additional transforns of size
of 768, 384 and 192 are needed. Apart from specifying new transform sizes
accordi ng 15w ndow coefficients, the transform coder can remai n unchanged.
Regardi ng_the A CELP tool, the total franme s d 768
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t he fsameeitingunofaingelt midrbned oh@ilyRnfodmes24kbiy92 sanpl es f| tting within
each frame of 768 sanples. The adaptation to 20 the reduced frane size is
achi eved by decreasing the nunber of subfranmes per frame from4 to 3, The
ACELP subhrthedollenigizhiliesnensshongudifimtions sam BSAG deendgertot gpdemey her t he
reduced qggﬁlgédﬁéw%%%%%@m@ iRhikbdbpfior mation is encoded using a
slightly erent schene: three pitch values are encoded using an
absolute-rel ative-relative schene using 9, 6 and 6 bits respectively
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d 6 bit h t t her tch
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for an upsRAPkIBgRenfs2flcAfanSfodn ol dah@erh@hh@vhdiged.t he i npact of the

proposed extra operatihg point on the conputational

Regarding the ACELP tool, the total frame size needs to be adapted to 768 samples. One
way to achieve this goal is to leave the overall structure of the frame is unchanged with 4
ACELP frames of 192 samples fitting within each frame of 768 samples. The adaptation to
20  the reduced frame size is achieved by decreasing the number of subframes per frame from
4 1o 3. The ACELP subframe length is unchanged at 64 samples. In order to allow for the
reduced number of subframes, the pitch information is encoded using a slightly different
scheme: three pitch values are encoded using an absolute-relative-relative scheme using 9,
6 and 6 bits respectively instead of an absolute-relative-absolute-relative scheme using 9,
25 6,9 and 6 bits in the standard model. However, other ways of coding the pitch information
is possible. The other elements of the ACELP codec, such as the ACELP codebooks as

well as the various quantizers (LPC filters, gains, etc.), are left unchanged.

Another way of achieving a total frame size of 768 samples would be to combine three

30  ACELP frames of size 256 for one core-coder frame of size 768.



conplexity is explained. This is at first done on a per codec-tool base and
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20  With respect to ACELP, the complexity of the ACELP tools mainly assembles of the

following operations:

Decoding of the excitation: the complexity of that operation is proportional to the number
of subframes per second, which in turn is directly proportional to the core-coder sampling
25  frequency (the subframe size being unchanged at 64 samples). It is therefore nearly the

same with the new setting.

LPC filtering and other synthesis operations, including the bass-postfilter: the complexity
of this operation is directly proportional to the core-coder sampling frequency and 1s

30  therefore nearly the same.

Overall, the expected complexity of the ACELP decoder is expected to be unchanged
compared to the current USAC operating point and reduced by a factor of % compared

against a high-sampling operating mode.

Regarding SBR, the main contributors to the SBR complexity are the OMF filterbanks.
The complexity here scales with sampling rate and transform size. In particular the

complexity of the analysis filterbank is reduced by roughly a factor of %.



In total, the conplexity of the proposed new operating node was found to be
slightly nore conplex conpared to the |ow sanpling rate node, but below the
conpl exi twoab12das74WSAC decoder, when run at a hi gher sampTiErgoInatms1$r0de
(USAC RW, high SR 13,4 MOPS, propo¥ed new operating point: 12.8 MOPS). 10
For the tested operating point, the conplexity evaluates as foll ows:

USAC RWB, operated at 34.15kHz: approx. 4.6 WMOPS; USAC RWB, operated at
44.1 kHz: approx. 5.6 WMOPS; .5 proposed new operating point: approx. 5.0
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foll owi ng conditions were contained in the test: Hi dden reference; 3.5 kHz
| ow pass I SkHz); USAC WD7
oper at edP: ﬁh"‘q ﬁegpﬁ?%&&f ﬁ{e%&ﬁ@ évtlma{e%?%%%&c WD7 reference
qual ity, proposed new setting (WD7SE(444. 1kHz) 35 WO
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the ayer 3gep6eOLes opdaling pyigt: approsi §OIWM@IK.e) it can be observed that 5
WD7 operated at a higher sanpling rate of 44.1 kHz perforns significantly

worse than WD7 for two itens (esOl, HarryPotter). Between WD7 and the WD7
f eat uri ngibdeit tsaohpokdyt a BeAST deviofleznets Wi e capaie ef bandlips sypBlaiaiates

up to 48 kHz in its default configuration, no drawback is expected by this proposed new

operating point.

20
With respect to the memory demand, the proposed extra operating mode requires the
storage of additional MDCT window prototypes, which sum up in total to below 900
words (32 bit) additional ROM demand. In light of the total decoder ROM demand, which
is roughly 25 kWord, this seems to be negligible.

25

Listening test results show a significant improvement for music and mixed test items,
without degrading the quality for speech items. This extra setting is intended as an

additional operating mode of the USAC codec.

50 A listening test according to MUSHRA methodology was conducted to evaluate the
performance of the proposed new setting at 24 kbit/s mono. The following conditions were
contained in the test: Hidden reference; 3.5 kHz low-pass anchor; USAC WD?7 reference
quality (WD7@34.15kHz); USAC WD7 operated at high sampling rate (WD7@44.1kHz);
and USAC WD7 reference quality, proposed new setting (WD7_CE@44.1kHz),

e

35
The test covered the 12 test items from the USAC test set, and the following additional

items: si02: castanets; velvet: electronic music; and xylophone: music box.



For the evaluation of the differential scores it can be observed that W7
operated at 44,1 10 kHz perfornms worse than WDO7 for 6 itens (esOl,

| oui s_r aowmorep12@b744 Weddi ngSpeech, HarryPotter, SpeechOrerNPr201a/04)318Nd
averaged over all itens. The itens it perforns worse for include all pure
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of the priagasseaghasldipusiqgradt.can\® @BG2LOAST MupirERietdy Ger (BT dor five

items (twinkle, salvation, tel5, si02, velvet), and additionally when averaged over all
items. All of the items it performs better for contain significant portions of music signals or

20  are classified as music. No degradation could be observed.

By the above-described embodiments, a new setting for mid USAC bitrates is provided.
This new setting enables the USAC codec to increase its temporal granularity for all
relevant tools, such as transform coders, SBR and MPEG Surround, without sacrificing the
25  quality of the ACELP tool. By this, the quality for the mid bitrate range can be improved,
in particular for music and mixed signals exhibiting a high temporal structure, Further on,
the USAC systems gains at flexibility, since the USAC codec including the ACELP tool

can now be used at a wider range of sampling rates, such as 44.1 kHz.

30  Fig. 9 illustrates an apparatus for processing an audio signal. The apparatus comprises a
signal processor 910 and a configurator 920. The signal processor 910 is adapted to receive
a first audio signal frame 940 having a first configurable number of samples 945 of the
audio signal. Moreover, the signal processor 910 is adapted to downsample the audio
signal by a configurable downsampling factor to obtain a processed audio signal.

Furthermore, the signal processor is adapted to output a second audio signal frame 950

e
o

having a second configurable number of sarnples 955 of the processed audio signal.



The configurator 920 is adapted to configure the signal processor 910 based
on configuration information ci2 such that the configurabl e downsanpling
factor iswequelossada first downsanpling val ue when a fi PSI/RP2MI1O6T38 t he
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Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
25  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.

>0  Some embodiments according to the invention comprise a non-transitory 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.

35  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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22 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

20  described herein.

A further embodiment comprises a computer having installed thereon the computer

program for performing one of the methods described herein.

25  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.

20
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

35  specific details presented by way of description and explanation of the embodiments

herein.



Clainms 1. An apparatus for processing an audi o signal, conprising; a signal
processor (110; 205; 405) being adapted to receive a first audio signal
frame hawogoe/fsT4gt confi gurabl e nunber of sanples of wrhe/FRediloésignal ,
bei ng adapted to upsanple the audio % gnal by a configurable upsanpling
factor to obtain a processed audio signal, and being adapted to output a
second audi o signal frane 10having a second configurabl e nunber of sanples
of the processed audi o signal; and a configurator (120; 208; 408) being
adapted to configure the S|gnal processor (110; 205; 405), wherein the
configurator (120; 208; 408) is adapted™®b configure the signal processor
(110; 205; 405) based on configuration |nfornation such that the
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WO 2012/ 045744@%E@®ﬁ&ﬁd@”%@80%‘lﬁpé%ém’l‘PW@“ f*éc%#lgwé“‘-‘édu% 1% ¢

di ffepent sec %glbtémd ébn\f%bt@th%%ﬂalt RBcaesQndo;rarsi @ngsuﬂhﬁmsﬁfé%dh@rable
configurable nu first c nfggurable nu

has the di ffer“é’ﬁ%m%%%amf é?t‘?%“{/tdl Mg%‘i‘%% HTORP BRI e ARG ‘ﬁba ?%ff%?%e of
the preceding %L(&ldﬂ’ﬁtmWﬂ&feezleaomh&mﬁ(gmfdbgfunmhlmr of 120ple2@Bthe 408)confgadblpt ed
to configure the Si es 0 ot S

confi gur abl e lj ?F F@m?l fg ?:astfe(ggiéta’ec%%%né% ue "fx(l\’dq%n{h@%gn wa%?i‘rgt T the he
first ratio vakuemIandVWMemennanmee@@n@hgurator (120, 208; 408) is adapted
to configure the signal processor (110; 205 405) such that the
configurabl e upsanpling factor is 10e ual, to 8/ 3 when the Pe 9%9 8 |o has
the different &eppaipatdcerrgiigyle, claim whetem the configurator (120; 4

adapted to configure the signal processor (110; 205; 405) such that the different

second upsampling value is greater than the first upsampling value, when the
second ratio of the second configurable number of samples to the first configurable
30 number of samples is greater than the first ratio of the second configurable number

of samples to the first configurable number of samples.

3. An apparatus according to claim 1 or 2, wherein the configurator (120; 208; 408) is
adapted to configure the signal processor (110; 205; 405) such that the configurable

35 upsampling factor is equal to the first ratio value when the first ratio of the second
configurable number of samples to the first configurable number of samples has the

first ratio value, and wherein the configurator (120; 208; 408) is adapted to

configure the signal processor (110; 205; 405) such that the configurable



5. An apparatus according to one of the preceding clains, wherein the
configurator (120; 208; 408) is adapted to configure the signal processor
(110; 205y0208®)045s148h that the first configurabl e nunber Pofi/EPanploesis s equal
to 1024 and the second , 5 configurabl e nunber of sanples is equal to 2048
when the first ratio has the first ratio value, and wherein the
configurator (120; 208; 408) is adapted to configure the signal processor
(110; 205; 40%)sasifingtihabr fRataltibend diffstent 0bh@ tutiablatuawhdrethe gécosdnmpices i s

ohen t he sacoRlTKaErEpROTEHENN PRPant SaRnaCr Bt P toar qar G Telfpbe 2240

appar at us accedfplsghisaheigfeoént sb@ndnaoedilng cl ai ms, wherein the signal
processor (110; 205; 405) conprises: a core decoder nodul e (210)
for decoding the audio signal to obtain a preprocessed 25audi o signal, an
anal y§i s4fi [t ém ipatet(220prdiay ihgna oh trbpiccetinakiys Sharpint e coaikrdiannel s
for transtormg bhe Lod)t B FRL REESTRArAH Qs gRRkssHF PMOa 205 B0 Q@ N

o}

into a frequency donmain to ain_ a frequency-d n preprocessed audjo
si gnal JOconpthas ﬂwg”&“&"@]?’léfl‘H’ﬁ%}“@f“a%{f} "‘lﬁ’él‘?oeqé‘f”gtﬁgr‘gf}e“atag Sigfﬁé?f&’ %@gléer 1g‘tsk)r
]g 230) for gr ea{_ttior\gmaspan@dzdbz@g«l mdgjbmi @nador suloba%ﬂj ;S‘Bgisampti:@_ro tonéigure the )

requency-domai n _prepr ocessec di 0..Si _ nd_3sa synthesis.fikter ban
(240) havi ng AEAABErOF yit RS 40 1ER MR eRaanEHE SRk ShEF R0
the fibrst prepqedessBdviamdthessogaaltiof rasthe diéfefontspsend yatidgomlien into the time
domain to obtain the processed audio signal, WO
2012/ 045744PCT/ EP2011/ 067318 24 wherein the configurator (120; 208; 408) is
adapt ed o confi gureteheccsrgnalo pnoeédoprecadiog choys. womyin ¢ SBRFFHHPT ng
the nunber of (myyber. 9s)synilesd %o bodigie BRKgeNdRNCkD: @110; OsNUMD esclof
analysis filter ban@nchan_els uch hatfphe cgnflguyablf,ﬂpsqgﬂllgﬁ factor
is equal to ataithel frgt FErraie THUREE Pt STRIGRIHEEIY 0 (12 TRAKE EHahhel s
t f) the nUV\WEer c@xﬁﬁ@lﬁﬁbly&hgﬂﬁei& bf ermilanks efahrel®is \thexAﬂleaﬁx]stl’:lrimmasaS ah@Frs@i ng
claim 6, erein the subband.gegnerator (230), bsc.an% d a.epld,cat or
bei ng adapt ed #19 YEE A& F’egﬂg_gﬁ négﬁﬁéfgg@f“@%30§E§§$é§gggga%gﬁggghsigna
generator for signelaproegssbhél AdAi0Bi 80&) swhibbanthas ilgn&rs chofigtple fraqge sty -
10dormai n pr ePLAGFRS %)decﬂl'z{fjb%éﬁ%' MHiBhe second configurable number of samples is equal to

2048 when the second ratio has the different second ratio value.
20
6. An apparatus according to one of the preceding claims, wherein the signal

processor (110; 205; 405) comprises:

a core decoder module (210) for decoding the audio signal to obtain a preprocessed

o]
1]

audio signal,

an analysis filter bank (220) having a number of analysis filter bank channels for
transforming the first preprocessed audio signal from a time domain into a
frequency domain to obtain a frequency-domain preprocessed audio signal

30 comprising a plurality of subband signals,

a subband generator (230) for creating and adding additional subband signals for

the frequency-domain preprocessed audio signal, and

35 a synthesis filter bank (240) having a number of synthesis filter bank channels for
transforming the first preprocessed audio signal from the frequency domain into the

time domain to obtain the processed audio signal,



8. An apparatus according to claim6 or 7, wherein the signal processor
(110; 205; 405) further conprises an MPEG Surround decoder (410) for
decodi ng wheoprapracessed audi o signal to obtain a prepPotEPI@Ed/oaTsds O
signals conprising stereo or surroun& channels, wherein the siibband
generator (230) is adapted to feed the frequency-donmain preprocessed audio
signal into the MPEG Surround decoder (410) after the additional subband
signal s for thecfdeaHeneyfigeaRiN(IRVEMDEC eSS Eds awdpedsaogaatﬁ@%awe sbﬁﬁh
created and added to the ér eﬁ)tkgncy d mal, n @ %ﬂgces g 10 {hg 9 An
appar at us acc8FUERET t 0% e BRI B REFEEE P “t“ﬁ Tcorg %‘Bd«g‘l‘“

nodul e (210) eefprchsesla of i thst nooie deaodesis (Hl10) barkd ceamelsondhctne thecoder
(520), wherein t LSt con ad t tinme
domai n and 25Wh fh%\“?‘nm? hE>S %‘ﬁgﬁ‘gtglf%%‘e&lg}) { ‘éﬂ%gg O?Qhé Qm %E)S?%%g} it ein
a frefuency ddittai pankkhaniels @ppanember deodyeis Ctbﬂnéilté}ﬁlﬁﬁ@% V\/ner ein the
first core decoder (510) is an ACELP decoder and wherei n the second core
decoder %520) is a FD transfom decoder or @Lransfor qder.

appar at ugd- accavginpgrats L&Laidﬁtgtdmm\ﬁe‘r’“é?'ﬁ“’t% ng SEaggHe (2 (gj*.?))ql SP%““& apt ed

to process theaid E@tc@t‘éygl&uﬁg ﬁlzé}ttecf lttarx\‘ﬁ)lmmeitﬁibﬁnd h%mﬁxlqr it thaupileptosecgﬂal
frane has 4 ACELP fra | n, eag 192

S,
audi o signal $BHPISESNA & ‘SH“?*H@* ’iePTé‘tg 5 ‘ihé‘ﬁt]itﬂléb%{‘l\ P g thﬁﬁpelquem t he
firstoaudi o sidgmain @&frasmed suddgeighalt o 768.
2012/ 045744PCT/ EP2011/ 067318 ACELP franes, and wherein each one of the
ACELP franmes has 256 audi o signal sanples, when the first configurable
number of3. sanpiresppofatehecdoidisg taghiig spgﬁawhﬁﬁahﬂ]‘fi @g@ﬁmawceﬁ%wghﬂ‘ 3. An

appar at us accapg griQ Qtﬂﬁpﬁsfe'«t 5&? MPEGe@hﬂgm@d Qie@@det V\(ﬂﬁ()}?'ﬂﬂl GRBddigkIrtatE or
(120; 208; 408) 1s adapt ed

| gure | ocessor
405) based on Pt%’éo‘?@éﬁlag‘dtﬂaﬁl t‘i’ ﬁt”%t“rﬁi’ie&?tf’“???ggé‘a‘th g‘ﬁmﬁf Cioé}é%‘%rﬁéelb? t he
first sconfi guableoundrdaesndd, sanpl es of the audio signal or the second
configurabl e nunber of sanples of the processed audi o signal.
wherein the subband generator (230) is adapted to feed the frequency-domain
preprocessed audio signal into the MPEG Surround decoder (410) after the
additional subband signals for the frequency-domain preprocessed audio signal

20 have been created and added to the frequency-domain preprocessed audio signal.

9. An apparatus according to one of claims 6 to 8, wherein the core decoder module
(210) comprises a first core decoder (510) and a second core decoder (520),
wherein the first core decoder (510) is adapted to operate in a time domain and

25 wherein the second core decoder (520) is adapted to operate in a frequency domain.

10.  An apparatus according to claim 9, wherein the first core decoder (510) is an
ACELP decoder and wherein the second core decoder (520) is a FD transfom

decoder or a TCX transform decoder.,

30
11, An apparatus according to claim 10, wherein the ACELP decoder (510) is adapted
to process the first audio signal frame, wherein the first audio signal frame has 4
ACELP frames, and wherein each one of the ACELP frames has 192 audio signal
samples, when the first configurable number of samples of the first audio signal
35 frame is equal to 768.

12.  An apparatus according to claim 10, wherein the ACELP decoder (510) is adapted

to process the first audio signal frame, wherein the first audio signal frame has 3



10 14. An apparatus according to one of the preceding clainms, wherein
configurator (120; 208; 408) is adapted to configure the signal processor
(110; 205yo040B)o4bmsed on the configuration information, PamaEPeIIN/0613¢8
configuration information indicates #he first configurable nunber of
sanpl es of the audio signal and the second configurabl e nunber of sanples
of the processed audio signal, wherein the configuration information is a
conf i gur at i on AiQrtex frath®s, AMatwiadeih @actpooeesticngCHENP diadies has §h@kydiosiel si ng:

20configuring_a configurable ups | i f Of ¢ . j Vi Jirst audi o
signal frane ﬁ%ﬁ)ﬁﬁ% %gef‘\ ﬁ?t E‘ébﬁ?‘%?%@?@“‘ﬁﬁ%%%fr b{%‘qugba}r{rgpgsﬁg{ h‘{i‘ﬂzé K%% 0
signal, and 2%upsaspduah¢ Téte audi o signal by the configurabl e upsanpling
factor to obtain a processed audi o signal, and being adapted to output a
second audi o frame having a second configurabl e nunber of s%nples f the
proce§sed3aud¢@1&H@ﬁ@W%mﬁﬁ@“%h@ﬂéﬁnﬁﬁh%P@%ﬁ$ﬂ@ﬁ@ﬁﬂ%é”ﬁﬁ%%ﬁ%@F%@m?%@QQr is
configured basgg QR)¢ORabErachRfio30 the¥i giarptdcesos U, bhatiosheaseanhitgur abl e
upsanpling facto _Ls.equ?I to a,L%%$I u _pgpling}v%;ge mhqnhﬁ fjrqt,g@tio
of the second “ERMEIYUIIBIBTRUADEH ’“%dﬁ%ﬁ g g A T S LT ¢S
number of sanphplehas tiee fudiskignak dotheakued amdiguhblenmbdielcomplaywtaht e
upsanpling factor ig c?n%égH{ed such that the configurable upsanpling
factor is eunFKF%ﬁ WHPrer érit second upsam pling val ue, when a different
seconfl ratio 35 of the second configurabl e nunber of sanples to the first

configurabl e nunhe, i %Mix?%toh@h% & AL hiREARE REAORFhei@h icBniY@lrkier (B0d

wherein the first 'or the second ratio valqg IS not % _gg%qg§5 val.ue. WO
2012/ 045744PCRPEPII 19 eprigo Zentigire M HBHAPERGEOF bF rbpr 8} Reped wndlidi o
fS! gnal , g_orrpr ic8h ir?t@o@ﬁm{qﬁpﬁ,wn«?-giarthé Qcixﬂ)g_ubﬁidmgflﬁﬁiﬁlaﬁngdiﬁdh:fateectbé fist a f
irst audio sign ranme having a first, conf.i qurabl e, nu [ 0
the audio sigﬁg?gbﬁ@ﬂﬁdmggﬁbPéngBm%{%6m%§% |8¥Pﬁém%65%%Sg?ﬁﬁ%@%geégé
confi.gurabl e dmwmﬁﬁnﬁlMmgﬂéaxfdheﬁnoghhaimuéopﬂgmésyéwnémdh@<Eh§9@%?0@nd
bei ng adaptedié@ﬂgq&gﬁga%oﬁﬁgggﬂﬁpyﬂép_frane havi ng a second confi gurabl e

nunber of sanples € processed audio signal; and a configurator (920)
bei ng adapted to configure the signal processor,

15.  Method for processing an audio signal, comprising:
20 configuring a configurable upsampling factor,

receiving a first audio signal frame having a first configurable number of samples

of the audio signal, and

25 upsampling the audio signal by the configurable upsampling factor to obtain a
processed audio signal, and being adapted to output a second audio frame having a

second configurable number of samples of the processed audio signal; and

wherein the configurable upsampling factor is configured based on configuration
o0 information such that the configurable upsampling factor is equal to a first
upsampling value when a first ratio of the second configurable number of samples
to the first configurable number of samples has a first ratio value, and wherein the
configurable upsampling factor is configured such that the configurable upsampling
factor is equal to a different second upsampling value, when a different second ratio
35 of the second configurable number of samples to the first configurable number of
samples has a different second ratio value, and wherein the first or the second ratio

value is not an integer value.



10 wherein the configurator (920) is adapted to configure the signal
processor (910) based on configuration information such that the

conf i gur awDeotbomssianpl i ng factor is equal to a first doraTarpdilng’3val ue
when a first ratio of the second confi gurabl e nunber of sanples to the
first configurable nunber of sanples has a first ratio _5 value, and
wherein the configurator (920) is adapted to configure the signal processor
(910) sugl. t haty dgpareanbi Fﬂ@b@é@h@ Ao Basiplal,ngnfpaisingr i s equal to a

di fferent second downsanpling value, when a different second ratio of the
second configurabl e nunber of sanples to the first configurable nunber of
sanpl es has a adiifrfabpentssse@dnibeiag dnpial tnecccand veredin sighel ffamahavare 2 he
second rati o \ﬁ%gtug ; }ﬁ ke AR WL IGHRy 15@'d{edwlzudﬁ‘nmg@zﬁanﬁ@ﬁl{gs aBHRAr dhng to
claim 16, wherei Thecontigurator is & confrgure the signal

pr oce§sor (91®w“®aﬂhwﬁﬁbﬁdﬂ é‘Wﬂmébde%Hgéﬁbﬁﬁﬁéowa%ﬂ ngéﬁﬁHP%Pb@ﬁbﬁ t he

different SeC%ﬂ:e@&\ﬂ%ﬁmglﬁﬁ a\ﬁ@'Héﬁwg dﬁaﬁﬁédttch@uﬁ)hf 8 kedoatl lagdioffr zﬁlhﬁh&@fg)md
configurabl e number e nu of sanpl es

is smaller t héﬁ‘—“‘t’ﬁéﬂg{%é‘&a@pﬁ’&ﬂb@ B S q“{‘ﬁ’ eﬁ&i&‘b%&%%“ﬁ?“f &&’%ﬂ?‘éﬁ tiber of
sanples to the flrst conflgurable nunber of sanples 18. Method for
processi ng an aud ISI nfi gurabl e

cl ownsanpl i ng af‘é@ ‘é‘r’” gggﬂéﬂ)\?ieﬂ}& adalft 91(’0% ’&n‘sz?g‘ al q??%ﬁgqhaw ng a first
confilgurabl e number of sanples of the audio signal, and 35 downsanpling the

audi o si gnal %eggg tﬁge&hgg{rﬂm @)’@?W%@dﬁ%d m&m@wth@qlgﬁt piReRoP[RCESSEd

audi o signal, to” out ut secon frame hav

eln
second conf i glhestsi @ ‘Fﬂ%ﬂé’rmlﬁﬂ iRfapprtes L‘(’j‘f~ f}}i’ét br‘é’&?gg‘é’é Bﬁd‘i“ﬁ““éf’lﬁ aCt%énd
WO 2012/ 045744?@1 4#'?@9%1&%%%%%@@11& fvhen mm‘t ngw atbthe sdﬂbﬂﬂ&@iﬂﬁ)gmmge
factor is configyred base ﬁo% iguration inf o§ oq%ﬁq L 5%1@
confi gur abl e '§hﬁfﬁ?ﬁa &Bﬁ e FPTOPlS WRPH ST HEWASAS) § nG VAl e
when & flrstI%Mua)mﬁikhaeﬁe@nndom@mﬁﬂguKaﬁnermu@hmﬂiGiC@&hﬂhésmﬁdﬂmﬁé
first configurable nu \ , epein
the configur abll & HRAnE ;ésﬁéh ogﬁﬁm‘?{b L ibnd: &ﬂn;p'hﬂﬁ f‘:'}hthe is %gﬁtal"\@» h

"I’ Br s cont igure
configurable deﬁ@amﬂCo dmnsamplmg valpgawhen aglifprenieyespnd %}@dﬁdhe second

downsanpl i ng va r‘rg uramq{ﬁnﬁoegbﬁbﬁﬁﬁl@gl tos%q]ﬂ{i't r(ﬁ‘f‘h Qm@fn ﬁlhﬁb&@f@ﬁkﬂplea has a
configurable nu

les to the Hs%é wal q z
has a differ erﬁ‘“@‘@&bﬁﬂ“’?‘h‘t‘ﬁ“@ vgireudnd Yhgeing i‘séio’n H”Sc‘:f’ﬁ ré‘?“ o) e ﬁ‘ém é’%ond
rati ggval ue |snﬁ?&q@mm,nteger val ue. 19. Conputer program for perform ng the
nmet hod of claim 15 or 18, when the conputer programis executed by a
conputer or processor. .5
17.  An apparatus according to claim 16, wherein the configurator is adapted to

configure the signal processor (910) such that the first downsampling value 18

smaller than the different second downsampling value, when the first ratio of the

25 second configurable number of samples to the first configurable number of samples
is smaller than the second ratio of the second configurable number of samples to the
first configurable number of samples.

18.  Method for processing an audio signal, comprising:

20
configuring a configurable downsampling factor,
receiving a first audio signal frame having a first configurable number of samples
of the audio signal, and

35

downsampling the audio signal by the configurable downsampling factor to obtain
a processed audio signal, and being adapted to output a second audio frame having

a second contigurable number of samples of the processed audio signal; and
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19.

wherein the configurable downsampling factor is configured based on configuration
information such that the configurable downsampling factor is equal to a first
downsampling value when a first ratio of the second configurable number of
samples to the first configurable number of samples has a first ratio value, and
wherein the configurable downsampling factor is configured such that the
configurable downsampling factor is equal to a different second downsampling
value, when a different second ratio of the second configurable number of samples
to the first configurable number of samples has a different second ratio value, and

wherein the first or the second ratio value is not an integer value.

Computer program for performing the method of claim 15 or 18, when the

computer program is executed by a computer or processor.



