WO 2011/042464PCT/EP2010/064917 Multi-Mode Audio Signal Decoder, Multi-Mode Audio Signal
Encoder, Methods and Computer Program using a Linear-Prediction-Coding Based Noise Shaping 5
Technical Field Embodiments according to the present invention are related to a multi-mode audio
signal decod¥p i géRAtHng a decoded representation of an audio contefft GRAHEIAIE70f an
10encoded representation of the audio content. Further embodiments according to the invention are
related to a multi-mode audio signal encoder for providing an encoded representation of an audio
content on the basis of an input representation of the audio content. 15 Further embodiments
according to the invention are related to a method for providing a decoded representation of an audio

content on th&pi&MefiadudicotienaidPeesdan: Makidylude Avndie SignehiinzodenMethodsbodiments
according to the ifuenpercPedgiaie ddapa itlkoc PoedictviaiCgdnganard abhiapsaapiiation of an audio
content on the basis of an input representation of the audio content.  Further embodiments according
to the in\gention are related to computer programs 25implementing said methods. Background of the
Invention In the following, some background of the invention will be explained in order to facilitate
30the under&éﬂ&ﬁ@&ﬂ%ﬁé invention and the advantages thereof During the past decade, big effort
has been put on creating the possibility to digitally store and distribute audio contents. One important
achizveén_entmﬁbmiﬁﬂw i%ébﬂiﬁgfieitiw”pea‘sgae infeEnatianatsiantard hR@iR6dd 4496- 3 Rart g of this
standard is rglated t i ) audig c nts, a ub-par rt3is
related to ge%%r%?%t? ?&:%V%%%?gg%é%%%%%%%%%ﬁ ns% 586a%%aj%déﬁfﬁ%{}s{jﬁé%%%g%%o?fe%%oding and
decodind of GBFRS LERESFRBHR! Hhe4dif SA™Kther improvements have been proposed in order to
improve the quality and/or reduce the required bit rate. WO 2011/042464PCDEP2010/064917 2
Moreover, it fagikeemfouitkihabibafiesfasmanaecsatiticguentyi-damnaimiidsaddudidiceogans is not

optimal for aygia contents comprising.aRRAGE,REsANY: Arunilisdisneschrnnudiicodes has been
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Further embodiments according to the invention are related to a method for providing a
decoded representation of an audio content on the basis of an encoded representation of the
audio content,

20  Further embodiments according to the invention are related to a method for providing an
encoded representation of an audio content on the basis of an input representation of the
audio content.

Further embodiments according to the invention are related to computer programs
25  implementing said methods.

Background of the Invention

In the following, some background of the invention will be explained in order fo facilitate
30  the understanding of the invention and the advantages thereof.

During the past decade, big effort has been put on creating the possibility to digitally store
and distribute audio contents. One important achievement on this way is the definition of
the international standard ISO/IEC 14496-3. Part 3 of this standard is related to an

35  encoding and decoding of audio contents, and sub-part 4 of part 3 is related to general
audio coding., ISO/AEC 14496 part 3, sub-part 4 defines a concept for encoding and
decoding of general audio content. In addition, further improvements have been proposed
in order to improve the quality and/or reduce the required bit rate,



In such an audio coder, some audio frames are encoded in the frequency domain and some audio
frames are encoded in the linear-prediction-domain. 10However, it has been found that it is difficult to
transition between frames encoded in different domains without sacrificing a significant amount of bit
rate. In vieW®Rthi&BHeration, there is a desire to create a concept for eREHERIGIAfGRIECcoding an
audio content comprising both speech and general audio, which allows for an efficient 15 realization of
transitions between portions encoded using different modes. Summary of the Invention An
embodiment according to the invention creates a multi-mode audio signal decoder for 20 providing a
decoded representation of an audio ¢cgntent on the basis of an encoded representation of the audio
content. The 40RO &igHdPHLETY rﬁ‘ﬁ?i@’@é@%ﬁ@éﬂ%ﬁ LR IS Pas e $26Bbtain sets of
decoded speistrat epefficidptsidioa pitaifitgontrisiig seeofithB caenfiy. comtiind Tirednaftimuoie audio
signal decodesdishas GaHariSes03:apeRiEH ITReSEF Someaniiguad de-apply: 8ciperiFraksharing to a set of
the decogied@gg&{r&]&?g%%fgﬁ%g%dg{gtg&%gg{gﬁﬁﬁg,ﬁg&&gﬂm}T_?reof, in dependence on a set of

linearprediction-domain parameters fora portion of the audio content’encoded in a linear prediction
mode, and to apply a spectral shaping to a set of decoded spectral coefficients, or to a pre-processed
version therelfswibépsudierred Bnsaseaedic dameaate ependan didhs forpgrsnidnmeitiaadaintie content
encoded in aafréiquisney denatndabiiahd hireampitedivnide-aneliin30 signal decoder also comprises a
frequency-domain-to-time-domain converter configured to obtain a time-domain representation of the
audio coptent,on the hasis af a spectrally shaped.set.of decoded spectral cpefficients for a portion of
the aud(lftgi| conrﬁ_g\r?{ ‘éeﬁbéde?ds%e, ne?lnmeﬁ%e%ié%%ﬁn%gé? anaastlgga s%e%etgfnlprﬂﬁ%e%pgéle i
representatidh&reREanHBCEihont Wrﬁgél’é%%@%’ﬁfécéﬁemﬁ ehbibadeset of decoded spectral
coefficients for a portion of the 35 audio content encoded in the frequency domain mode. WO
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frequency-domain-to-time-domain transforms of the same transform type) as a time domain
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This multi-mode audio signal decoder is based on the finding that efficient transitions
between portions of the audio content encoded in different modes can be obtained by



to obtain a time-domain representation of the audio content for a portion of the audio 35 content
encoded in the linear-prediction mode using a lapped transform and to obtain a time-domain
representation of the audio content for a portion of the audio content encoded in the frequency-domain
mode using Mapped4térsform. In this case, the overlapper is preferablyP€ariigaredstoioverlap time
domain representations of subsequent portions of t@e WO 2011/042464PCT/EP20101064917 4 audio
content encoded in different of the modes. Accordingly, smooth transitions can be obtained. Due to the
fact that a sp ing.l lied in the frequency domain for both of the modes,.the time domain
representatiog%%%%ﬁ|§§dg§e%%epf%éa‘ h: lcnyﬁ1 o%r#gi%e- ét%ﬁgﬁg%hé?ﬁ g_osﬁ%%aeprgfﬁ%gﬁwogfgﬁﬁ% C}Eﬁodes are
compatible afitfFs Sﬁﬁcﬁ%o‘iﬁ)&fgﬁﬁﬁf& Sathin&tderaenrs letht 1apdie careRtGmREEhdE dheimproved
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spectralIy-un@éﬁgﬁ%&e&ﬁgr&gﬂg{ﬁg{gw avoiding at the output signals of the synthesis lapped
transform to 30 apply any signal processing (for example, a filtering or the like) not common to all

different coding modes used for subsequent (partially overlapping) portions of the audio content, full
advantafe cdh Bertafeaisdrembatingnisitg malicapdiondiasisnadribtiodof it tapperptisassiorm. 35 In a
preferred embudinpent cthei freediancyetlapraiti-iodtimmeadmaimaepesiritisconiigoreshiomrevide
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that the provige%&é@?ﬁd&rg%@ (leeg‘r:e_sf?ontatiogls(ﬁreﬁn %%age domain In that they are linea
combinable Witholt applying & sigral Shaping Hitering PRI BAZABS BT GREA817
encoded in different domains, the advantage, which can be obtained by inputting
25  spectrally-shaped sets of decoded spectral coefficients to the frequency-domain-to-time-
domain converter in both modes of the multi-mode audio signal decoder can be realized.
By periorming the spectral shaping before the frequency-domain-to-time-domain
conversion in both modes of the multi-mode audio signal decoder, the time-domain
representations of the portions of the audio contents encoded in the different modes
30 typically comprise very good overlap-and-add-characteristics, which allow for good
quality transitions without requiring additional side information.

In a preferred embodiment, the frequency-domain-to-time-domain converter is configured
to obtain a time-domain representation of the audio content for a portion of the audio
35  content encoded in the linear-prediction mode using a lapped transform and to obtain a
time-domain representation of the audio content for a portion of the audic content encoded
in the frequency-domain mode using a lapped transform. In this case, the overlapper is
preferably configured to overlap time domain representations of subsequent portions of the



5 operation to one or both of the provided time-domain representations. In other words, the output
signals of the frequency-domain-to-time-domain conversion are time-domain representations of the
audio content itself for both of the modes (and not excitation signals for an
excitation-doWfaR§1idHAHé-domain conversion filtering operation). 5 In a Frefé&FaetEpptddiment, the
frequency-domain-to-time-domain converter is confjgured to perform an inverse modified discrete
cosine transform, to obtain, as a result of the inverse-modified-discrete-cosine-transform, a time
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coefficients, which represent a time-domain impulse response of a linear-prediction-coding filter
(LPC-fiter). igle he:sheptiabianresehialoniaing an adddisetets, Eaurierdransiam, Thefler
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different coding modes used for subsequent (partiatly overlapping) portions of the audio

content, full advaniage can be taken from the aliasing -cancellation characteristics of the
lapped transform.

35 In a preferred embodiment, the frequency-domain-to-time-domain converter is configured
to provide time-domain representations of portions of the audio content encoded
indifferent of the modes such that the provided time-domain representations are in a same
domain in that they are linearly combinable without applying a signal shaping filtering



processed version thereof, to a gain-processed version of the given spectral coefficient is 20
determined by a magnitude of a linear-prediction mode gain value associated with the given decoded
spectral coefficient. In a preferred embodiment, the spectral value determinator is configured to apply
an inverse qYéAa2HIYAMS decoded quantized spectral values, in order toPeBtERI@GREEd and 25
inversely quantized spectral coefficients. In this casg, the spectrum modifier is configured to perform a
guantization noise shaping by adjusting an effective”quantization step for a given decoded spectral
coefficient in dependence on agpitude of.a linear prediction mode gain valug associated with the
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combined linear-prediction mode/algebraic-code-excited-linear- 35 prediction mode frame. In this
case, the auﬂio signal decoder.js configured to obtain a set of decoded spectral coefficients for the
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30  gain values. Also, the spectrum modifier is configured to combine a set of decoded spectral
coefficients associated to a portion of the audio content encoded in the frequency-domain
mode, or a pre-processed version thereof, with the decoded scale factor values, in order 1o
obtain a scale-factor-processed (spectrally shaped) version of the (decoded) spectral
coefficients in which contributions of the decoded spectral coefficients, or of the pre-
35  processed version thereof, are weighted in dependence on the scale factor values.

By using this approach, 2 own noise-shaping can be obtained in both modes of the multi-
mode audio signal decoder while still ensuring that the frequency-domain-to-time-domain



35 Another embodiment according to the invention creates a multi-mode audio signal encoder for
providing an encoded representation of an audio content on the basis of an input representation of the
audio content. The audio encoder comprises a time-domain-to-timefrequency-domain converter
configured tdMSt@¢HdB e input representation of the audio WO 2011/04246RREFAER2010/064917 8
content, to obtain a frequency-domain representation of the audio content. The audio encoder further
comprises a spectrum processor configured to apply a spectral shaping to a set of spectral
coefficients, of,a pre-proce sed ver |on there |n dependence on a set of linear- predlctlon -domain
parameters for a%&% ﬁo‘f)’f?‘ 3 Ou¥f %n‘? 58 e(ﬁ?:ro e{a i fAsge: Sp? ESRCAOin. The
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the audio cofese® B@@%@G@QMh@mﬁﬁﬁrp?@f@m iresiéormer fisr puiipmedofotiverauedite 15 content
to be encodeithiarthesfietoe rayie gaaivemadton se, ibbasmbrerionaddhaf guanibeation poors can be

reduced by apRlylna @ seacliakshanag 1.4 sekel sReial soglanls QiR preRigeRsReg version
thereof)logoth for a portion of the audlogcontt?hnt to be er]é coded ";}ﬁfﬁe linear-prediction mode and for a

portion bf the SuThe TBNEREIS R & cHRS) T (RS TPl SEARID S TS B HEC TRERHEr E1ft YO58 of
parameters &edigien oty dekemdre the spserkapinaBimgtivnthiey dfferdneanperdictioarneding
linear-predictidirezdAmairipesameteisaiivthe] eedithprécicfiohsprods andeseateitacargidanieters in the

frequency-doinrindmpdesishaneise) %quagas@ra@ﬁ ﬁﬁ@%@%ﬁ%ﬁ‘ﬁ@&?&ﬁﬁ&@f@%rﬁfﬁ%ve}y

currenty progesieg PN ol e 2o, conien e SUL SBRNNGUIE v en o e dcroted
time- domaln tO re uenc omain C nverS|0n tO por ions e same au 10 signa |n fferent

modes. 95 CbhSad st HReHhisIGomBEatya&&8nal encoder is capable of providing a good coding
performance for audio signals having both general audio portions and speech audio portions by

selectively applvingréhgrpdopabiyipg et spectidlesharifgitathasats ol spestrakcostliGipntsdn other
words, a spegiialshapiaOrhe BARRLACg gldioan ﬁ%geﬁ:%egycq&mnfﬁab ASIegP £apbe applied

to a set of spectra efﬂc;ent for an audiq frame whjc is récognized e speech ﬁ’l?e and a
spectral shapitg S %eﬁéfgfst ef%f’g’ Pt SERIERLEEST 5?%%&%@@5&%’[‘[?8 SRSHELRFEigrbspectral
coefficiéfits foeaHdSi O Frameaghiefei Fecgeiret trbenomadgeteray dudisssppiatacitvih thhan of a
speech-like tgpenBecsded maxine! e fficitnode audio signal encoder allows for encoding an audio
content 35 having temporally variable charact'eristics (speech like for some temporal portions and
general audiq for other rtlo S wherejn the ti resentatlo fthe audio content is
converted |nt?o the’ fre%ﬁ%% OMATH n'the” e(#] 5? CPE) Lot theal %oﬂtgﬂ??to%’e encoded
in different m@aeeem@am@nw&@%émeﬁ ﬂ?ﬁ@?@h’t’ﬁé’é"r‘%odﬁ@#ﬁdo obtain decoded and
2011/042464PCTyEP 20026 49tda] thefAcidivschntiEntcase, dengiderenh hyoaifetyingoatipeedral shaping
on the basis gf gafﬂena n%eem&eaﬁ ﬁwh%ﬁglwmﬂ%@arp@ﬁ@m%eaﬁ%%é%&? ff&cgor
parameters), |R,ord 88(3 taén S e:%ter en@%?%d sggctral coefﬁmentm ({)rt e eubse n uantlzatlon
5Ina preferrgd embo |menP Che time-domain-to ]‘?requ ey domanm converter s coRigy dlto convert
a time-doma e REEL NEHfORSIciated i E%%Y%rﬁ@ﬁ%ﬂ%ﬁ??%’@hé?%ﬁﬁ?ﬁ ﬁﬁéoédr’ifé!}béh%y domain
representatiomoktkteringiovwonteris bpthfdoned portide ofpharaudioncanteit tadbginaodentnl the

linear- pmdlct&wm@ﬁgﬁgdegahgdaqﬁlq& obtheirudie:geRt to be encoded in the frequency-domain
mode. By performing the time-domain-to- 10 frequency-domain conversion (in the sense of a
transform operation, like, for ex Ie an MDCT transform operation or, a filter bank-based frequency
separation opBrafd ?f)’%?‘iitﬁ‘é‘bé)gaﬁ’% BB PLR BB RSP e FrECRIMAESAdB R " node and
the linear- pré@t@t@@ﬁm@d@lwdee@@@mlmdeosﬁ@rﬂé’p&mﬂdnadd@ptermmmnfhmpemqmﬂwlth

particularly gaessffisiencyswbich dasiliaina thecsignatieranstastinritihe.decedelsigde5and
avoids the negdadianamll additionakdatawhensyes BSIS RA KRS Tionhemesn e, different modes.
of decoded spectral coefficients for the linear-prediction mode start frame. Also, the andio
decoder is configured to apply a spectral shaping to the set of decoded spectral coéfﬁcients
for the linear-prediction mode start frame, or to a preprocessed version thereof, in



In a preferred embodiment, the time-domain-to-frequency-domain converter is configured to apply an
analysis lapped transforms of the same transform type for obtaining frequency- 20 domain
representations for portions of the audio content to be encoded in different modes. Again, using lapped
transforms oMtheHai@4iansform type allows for a simple reconstructionBsfita@audieietntent while
avoiding blocking artifacts. In particular, it is possible to use a critical sampling without a significant
overhead. 25In a preferred embodiment, the spectrum processor is configured to selectively apply the
spectral shaping ta the set of spectral coefficients, or a pre-processed versjon thereqf, in dependence
on a set of Iindgg?rf?r%n& f%t?&nadé??]é% ﬁnfraé?%rgfciei?sl 0o "‘t%)lrrrl%% § r%n g%%r?&?ﬁ?ﬂ%%%i@%ﬁ%ﬁ‘a&ﬂ% of a
portion of thea‘é%iéigBﬂtéiﬁF?é%éseﬁ%Bdé’afWQ iRetiFrediindemnsds, BPiRseRateRIShdEoN a set of
scale factor gareamptetstiistaingd geingiapsyehdec bastico3 repaiehinalysisdbea pdriervdithe audio
content to bespasadedeimthal enneneilamEs Hade. ByHeiRg &0s RERPHIREROIBSiRhaping can
be achieyed Qoggrﬁg%ﬁggagtzg B%g%gg Qrfamﬁ&? } content, icrg) whick ‘:fzh? cqrr Iagi%r;[l_-sb sded analysis
- provides meaningiul nqise” shaging.information, an general audio por |t‘5ns_o th& autio content, for
which the ps%ﬁf)’%’&ugﬁeer%d ARSI TORESTIEA ofh | e S apsHiF v rrifosads In a
preferred embaaimBiitieins andidreighinndrtvder chivprses domotensdteltorcantiguretizdnalyze the
audio contenliiprpiediaisecitelwiigthanideahicodsa NadipeliiReRURAIISORIANS IRk thesated
linear-predictign made, ié&tg%J&eGU&(h@léﬂ&%}?d”c%?&%e&ﬁ%&”@ﬁi@%é e % frequency. :
2011/041%464 CT/EP2 leO/ 4917 éo o roprlafﬁa7 noise sfnapmg concept can _éc oqsen %/hlle leaving
the type of tifi&R im0 eRty- in Tote&iBR (FafeBREIn CsHtligonHomsitterred
embodiment ceséisients mete aklgio Bignarendydethis corfigaveet tocembders 5 Hneauiodicsiore, which is
between a fremierdyebamain modédddinennpetdictinmbiogdittiaear-prediction
mode/algebraic-code-excited-linear-prediction mode frame as a linear-prediction mode start frame.

The multi-mode audio signal encoder..is configured to.appl tart, window_having a comparativel
long Ieft-sideci_1 t?a?ﬁ_es{l I0R'S 8*‘p8 and: § E:hc?rrr%lﬁlg?é%?\gefyag gfﬁ I%??[-gselc éi ARt urgﬁo%’e@f’ rtlﬁga Y
time-dofain Féplsilsia8irBrtha fmsaiopradicaprrstnishonotm it srammey wropiaimadrifieewed
time-domain pepreisentatibneafpecdicitimodle sedibsignaite ndetisidsialsoiconfiguiac-dorakitain a
frequency-dojgaindepiesentation phihe rindewedhine damainmeprgsepiation okthedineay-prediction
mode start fregﬁseﬂ;amw'ﬂﬁ%%yg rg%%@gg' ﬂﬁ&%&@%&%&%{)i&%@ﬁ' Ufe%of&kaﬁ%“tﬁa?et o

linear-prediction domajn parameters e linear-prediction mode Start frame and to agﬁfy a spectral
15 shaping t6 TRE 4PEHHR AL SN FART St U SRERIRIFTSHER R RAGINESD B BEHGHAME 12 REEBRAtation of the
linear-peédictibapmedd sharlifreanpredictivn predpréies sene drsibn freareotyindapenderrrecon the set of
linear-predictipeetainhipiparaimieierevithe Aagliensigiaheicadde italso caRigueshicencagde the set of
Iinear-predictgggi-&%g@arargg@meters and the spectrally-shaped frequency-domain representation of
the windowed time-domain 20 representation of the linear-prediction mode start frame. In this manner,
encoded information of a transition audio frame is obtained, which encoded information of the
transition audf#isfercdrpeiiBetoths AudinsgRissosrtie wadisdiraie Winetemedieioncoded
informafién athmutithedransiticnassedietéiamehationinter-preticath letidsided tfensition addr-abthe same

time allows fop@Riipitializationel RALER-meds Aesader i 3 desadins Asuhseguen; gudio frame.
%§s.ofth mlé gjode audip signal encoder

An overhead cc%ggreldof%ltgeg@%%g' [ stween di eﬁ?@g‘e,map Faig- i
is minimized AN & proferted SMboAIMant. the Muli-rHods Ardie SiGRaT EHASTEHILESHETHIEN to use the

linear-predictiBftadivhm Bdbantaerhaasetiaierims hediitarehrerédinsanprdician-damain

parameicrs, which exists in some conventional approaches, is eliminated. Rather, the
30  linear-prediction mode start frame allows to create a good transition from a previous

frequency-domain mode frame, even for a comparatively long overlap period, and to
initialize a algebraic-code-excited-linear-prediction (ACELP) mode decoder. Thus,
transitions with good audio quality can be obtained with very high degree of efficiency.

35  Another embodiment according to the invention creates a multi-mode andio signal encoder
for providing an encoded representation of an audio content on the basis of an input
representation of the audio content. The audio encoder comprises a time-domain-to-fime-
frequency-domain converter configured to process the input representation of the audio



30 in order to initialize an algebraic-code-excited-linear prediction mode encoder for encoding at least
a portion of the combined linear-prediction mode/algebraic-code-excited-linearprediction mode frame
following the linear-prediction mode start frame. Accordingly, the linear-prediction-domain parameters,
which are obt¥th&d6t*44& linear-prediction mode start frame, and whichBFEERBEPEHEd in a bit
stream representing the audio content, are 35 re-usgd for the encoding of a subsequent audio frame,
in which the ACELP-mode is used. This increases the efficiency of the encoding and also allows for an
efficient deCQ@EﬁQﬂY\,’”ﬂBOHIStﬁﬁdHi%ghé;@#i&@nfﬂﬁiafﬁﬁ?&%‘tﬁg& WHoRNaleR: Wne The audio
2011/04246%%%%%% 101064331{35 éLl e%“qﬁ%reggéggsdore%ggdmégrgt, thei muItl-r?rog audio S|anal
encoder comprises an C?cﬁf%r CoSfiftient determinator Qcﬁ%]ﬁgur%g) oya%séffl%ea %8?{&%1&6 the audio
content to besErotRsaAl SariBFEre ATt SR TPIYESSEH A 5sisupibraatdl Jenendangserac s& eletermine
LPC-filter codiffisientsdassoeciteamptnathetgroftion pitie afidio scitenhtanb® éneadsaitdrithe:linear- 5
pre?.ictiosrdm Oiarfiedatli-nAfeaugio sﬁ:lgf&ﬁhﬁ qgggaaalqg -ngwiﬁfg%@fili@ragﬁﬁyffé%e&t}@nsymer
configured to_jrar e filter ients into a spectral representatian, in order to
obtain linear Sltlr[%gx? ?g@%%og%%gﬁ%dgﬁf%aég %ggi&éé,%ﬁ%r%&f e%:gﬁ’t ??leoélu%elﬁrceigeé.l nl'# %%?R—cf%ode audio
signal encodé)’il 2185 ¢ ' f

8O RATEEETS F AT BE G SRR iRy AR EBf the audio

content to befigauenteddimmtia mOdequency-domain mode, or a pre-processed version thereof, to
determine scale factors associated with the portion of the audio content to be encoded in the

frequengy dommglguniee e llimpds.audin Sanal sacollenalsRePaptiReamiamblogh
arrangement ¢onfigured. to combine a.freqyency-domain representation of a portiort of the audio
content to be® %S%eadl _OtH%?ﬂ%]élﬁ.’r B%é%h%ﬁ%’&’a& %F‘E%%ﬁé%&é@%%ﬁhﬁ%éﬁ%ﬂﬂ%e linear 15
prediction méde Haintjaiessifteniean grseissed dhrecidiocernisohéheoaksteddsignteed as
coefficients), frejecety-doniihutibosdefithetspesttahedropanentddaispectiafeoptittentsy ahihe
frequency-domain dsREssenition aldhe,aHdinranisatais yeishieddnderendansepn hg dinear
predictin ModeaaNVALIES, 1R SOTRINELIBARC AANIgUISAI0 RATDING A Tedhencysdgmain
representation of a portion SFthe alidio content o be encoded 20" iothe frequency or%ai mode, or a

processed vErSIBHAIOR: S SHitRAh &% Exacrsc it SriRl Bbtai Bariiahreheeie iPsp st af corwbshents,

wherein conteitnifionstofthe prapiratsseinponentbdooSjectr droptitients iof shéifreepteinay-domain

representaticse afnfd@cauRiareoniRA sreavaig ieddnade nendensaandhes Gl Jagiars: 28 W this

embodiment IS 4a1:P(Re SraRd-RKAS RRRN P s RN REC Al haped.sels ol 2gegirel

coefficients ( rsg}%ctral components), Ano&%eagfm oélmenta ording to the Invention creates a
n

method4or pf6WAi Beaﬂ&"eé%eﬁgal rRe A R RGeS AR e BB A SRS ded
representaticisitHera uni g8 dbsatevrdivieamenie rambrsdinferrapuenditegstdnt tesifiegntiorycreates a

method for providingasieneedesisepiesentationohamaiuddio eenibirbosriit kasibohafeHgLt
representatiop gl aniar kit WRBOHEAPAREHIFRRUMARAI daIhefpthods and
the computer program I:il{rerbased ogeJ the sate fin mgs as t %,above Iscu se%&g aratus, Brief
Description of T Figlires élcglmtlgp RS _c?ff%h Pre8eht Ve dER Wil s bse ﬂ%f& Béoﬁeé‘scribed
taking réferefc@sesiisatbndhe seeltEmmadeiandinislena gnaedrsiiscarpibe RisuREidiage diegfrantiotan audio
signal encodegrfecardingoto audio signals having both general audio portions and speech audio

portions by selectively applying the proper type of spectral shaping to the sets of spectral

coefficients. In other words, a spectral shaping on the basis of a set of linear-prediction-

domain parameters can be applied to a set of spectral coefficients for an audio frame which

30 1s recognized to be speech-like, and a spectral shaping on the basis of a set of scale factor
parameters can be applied to a set of spectral coefficients for an audio frame which is
recognized to be of a general audio type, rather than of a speech-like type.

To summarize the multi-mode audio signal encoder aliows for encoding an andio content
35 having temporally variable characteristics (speech like for some temporal portions and
general audio for other portions) wherein the time-domain representation of the audio
content is converted into the frequency domain in the same way for portions of the audio
content to be encoded in different modes. The different characteristics of different portions



10an embodiment of the invention; Fig. 2shows a block schematic diagram of a reference audio signal
encoder; Fig. 3shows a block schematic diagram of an audio signal encoder, according to 15an
embodiment of the invention; Fig. 4shows an illustration of an LPC coefficients interpolation for a TCX
window; 20 PKf B5hd#464 computer program code of a function for derivR§gHiFaensjoseiiction- domain
gain values on the basis of decoded LPC filter coeffjcients; Fig. 6shows a computer program code for
combining a set of decoded spectral coefficients with the linear- prediction mode gain values

(or linear- 25@@%@:&9&1 d&;ﬁe in gglgovg ere t ggjshogvgsS a sche atlc rep s%ntatmfg%lfferent

frames and associate d maln/fgre ue%ﬁc omai n g codec

or a Swij

sending a soPGHREFSHEne ?/%Pﬂ %@lﬁ%@%ﬂﬁéﬁ%@%ﬁ@é@ﬁﬁ%}a B¥ fidfRes and
associated pwaﬁém$mémdﬁmbmﬁé&@ymm&n tobe@ampyestitiiatiedomain coder using
"LPC2MDCT" for transitions; WO 2011/042464PCT/EP2010/064917 13 Flg Oshows a unified view of

a unifiedsspegh a@%&%@@&m&{%yﬂm&&hﬁgg% oHRCin e sianal ?0 ain: Fig.

11shows a block schematic agram of an audio signa r accor |ng to an embgdiment of the
invention: {0 convert a time- n rcpresentation o an andio conten’t in an audio signal doma_m mto

a frequency-domain representation of the audio content both for a portion of the audio
content to be encoded in the linear-prediction mode and for a poﬁion of the audio content
to be encoded in the frequency-domain mode. By performing the time-domain-to-

16 frequency-domain conversion (in the sense of a transform operation, like, for example, an
MDCT transform operation or a filter bank-based frequency separation operation) on the
basis of the same input signal both for the frequency-domain mode and the linear-
prediction mode, a decoder-sided overlap-and-add operation can be performed with
particularly good efficiency, which facilitates the signal reconstruction at the decoder side

15 and avoids the need to transmit additional data whenever there is a transition between the
different modes.

In a preferred embodiment, the time-domain-to-frequency-domain converter is configured
to apply an analysis lapped transforms of the same transform type for obtaining frequency-

20  domain representations for portions of the audio content to be encoded in different modes.
Again, using lapped transforms of the same transform type allows for a simple
reconstruction of the audio content while avoiding blocking artifacts. In particular, it is
possible to use a critical sampling without a significant overhead.

25 In a preferred embodiment, the spectrum processor is configured to selectively apply the
. speciral shaping to the set of spectral coefficients, or a pre-processed version thereof, in
dependence on a set of linear prediction domain parameters obtained using a correlation-
based analysis of a portion of the audio content to be encoded in the linear prediction
mode, or in dependence on a set of scale factor parameters obtained using a psychoacoustic
30 model analysis of a portion of the audio content to be encoded in the frequency domain
mode. By doing so, an appropriate noise shaping can be achieved both for speech-like
portions of the audio content, in which the correlation-based analysis provides meaningful
noise shaping information, and for general audio portions of the audio content, for which
the psychoacoustic model aralysis provides meaningful noise shaping information.
35
In a preferred embodiment, the audio signal encoder comprises a mode selector configured
to analyze the audio content in order to decide whether to encode a portion of the audio
content in the linear-prediction mode or in the frequency-domain mode. Accordingly, the



Fig. 12shows a unified view of a USAC decoder with TCX-MDCT in the signal domain; 10 Fig.
13shows a schematic representation of processing steps, which may be performed in the audio signal
decoders according to Figs. 7 and 12; Fig. 14shows a schematic representation of a processing of
subsequent ¥({#P91ra#AES in the audio decoders according to Figs. 11 anRCIEP2H Fig4915shows a table
representing a number of spectral coefficients as a,function of a variable MOD[]; Fig. 16shows a table
representing window sequences and transform windows; 20 Fig. 17ashows a schematic

representatlon ogarp eunc(l)lgw nad%\l/v traréglt %gnlrgea emboggw ntv?“ |nvent ion, Fd% 1zbshows a table
representing “5h audio win rafisition’in an exten &mbodmen ccor ?‘iéi“tﬁventlon and

Fig. 183how?%qﬁ?a‘é%ggiﬁ@‘mBWYSrH@H\‘/‘éalﬁfé?&db‘i‘éﬂiEﬁGﬁsﬁﬁ)maln gain values 01 in dependence on an
encoded LPC filter coefficient. 30 Detailed Description of the Embodiment 1.Audio signal encoder,

according tofnig. &e%lrﬁ@eefﬁtl@&ﬂﬂ@ﬁ,aﬂl@ﬁﬁ'ﬁ%B@'a@ﬂﬁpﬁgﬂeﬁ%@mé%ﬁﬂiw'Ei?‘dBEiQf the .
| |nvent|onj will, 35 fg{%qge Q.Fl Ws a bclIOCk S tic dlagram of -
“such a multi-mo ql%%e tr? ncoder 100, 'Iq& ﬁ{l mode audgo 5|gna encocg rgglélls sometlmes
also briefly d&&fY ﬁté(fgd %M%ﬁf@%ﬁe fyreyoited-lear-prediction  mode™ frame as a linear-
prediction mode start frame. The multi-mode audio signal encoder is configured to apply a
start window having a comparatively long left-sided transition slope and a comparatively
short right-sided transition slope to the time-domain representation of the linear-prediction
10 mode start frame, to obtain a windowed time-domain representation. The multi-mode
audio signal encoder is also configured to obtain a frequency-domain representation of the
windowed time-domain representation of the linear-prediction mode start frame. The
multi-mode audio signal encoder is also configured to obtain a set of linear-prediction
domain parameters for the linear-prediction mode start frame and to apply a spectral
15  shaping to the frequency-domain representation of the windowed time-domain
representation of the linear-prediction mode start frame, or to a pre-processed version
thereof, in dependence on the set of linear-prediction-domain parameters. The audio signal
encoder is also configured to encode the set of linear-prediction-domain parameters and the
spectrally-shaped frequency-domain representation of the windowed time-domain
20 representation of the linear-prediction mode start frame. In this manner, encoded
information of a transition audio frame is obtained, which encoded information of the
transition audio frame can be used for a reconstruction of the audio content, wherein the
encoded information about the transition audio frame allows for a smooth left-sided
transition and at the same time allows for an initialization of an ACELP mode decoder for
25  decoding a subsequent audio frame. An overhead caused by the transition between
different modes of the multi-mode audio signal encoder is minimized.

In a preferred embodiment, the multi-mode audio signal encoder is configured to use the
linear-prediction-domain parameters associated with the linear-prediction mode start frame

3G in order to initialize an algebraic-code-excited-linear prediction mode encoder for encoding
at least a portion of the combined linear-prediction mode/algebraic-code-excited-linear-
prediction mode frame following the linear-prediction mode start frame. Accordingty, the
linear-prediction-domain parameters, which are obtained for the linear-prediction mode
start frame, and which are also encoded in a bit stream representing the audio content, are

35 re-used for the encoding of a subsequent audio frame, in which the ACELP-mode is used.
This increases the efficiency of the encoding and also allows for an efficient decoding
without additional ACELP initialization side information.



WO 2011/042464PCT/EP2010/064917 14 The audio encoder 100 is configured to receive an input
representation 110 of an audio content, which input representation 100 is typically a time-domain
representation. The audio encoder 100 provides, on the basis thereof, an encoded representation of
the audio coMt@rt1Fét2é%bmple, the audio encoder 100 provides a bitstr&4FHEEERI0PMERTis an encoded
audio representation. The audio encoder 100 comprjses a time-domain-to-frequency-domain converter
120, which is configured to receive the input representation 110 of the audio content, or a pre-
processed versjo 0’ thereaf.: The time-demain-to-frequency-domain converter rovides, on
the basis of tﬁgééip%%rrrgér%rg%%%%g%l@%ﬁ %-'fngq‘?ea&luéongﬁgp or?}nacfr)r?%ﬁ?gl erﬁ"faastlac“)nrﬁ%% %]#gtﬁe audio
content. The EGERLY FOMEA TR FrRREHA S FaB TR D IS MRS e e heewrosets of spectral
coefficients. Fo dirgrmpiedipiotmesdomamiusfiaqessey dosivairtcomiettedetrapive BROMdew-based
time-domaindeeffetuensysaoma naanueierimhicieravidesanfirstisal-ofmpasiral epeffigigots on the

basis of §me;flomain 1semplesha st fame shihcinautaudio sanient AT RIoNids,p second

set of spectral cofeffluents n th(c?1 ba%é%% tlme-do&ggln glagi%efs of-a %%glqn rame o the Input audio
content. The T8t 7&ie Coofn%%ﬂlﬁpﬁ AT BN BR TG L Sp ST SREBR O ShpriRiRiately 500,
with the secORRTTFaIRFEIONtHR iPToER dudibidBnienr Awemelign mxdevdridovaligsnassobietadplidhl to derive
the first set ofifpeeiréteaefiitierTséromithedistlnasigiallandeandacsinipwingean algebe applied
to derive the secand. a6t Qf-shecialLasflicientsdram Heqecnnr adiglrame: T8 me

time-domaini_lro-Lre u_ecpoc -domain converter mag i az%sforms of

be configured to_perfqorm lapped tr
windowed pottioha (for exampie. overldpit Trame )VS?Sff?g Fﬁ%ﬁ?gdaigfiﬁf&‘fﬂ%ﬁ ¢ JAFAE audio
encoder 100%51861&EMPiiseda Ryt oht GEEis 6pmg, wHieFrscdshfigubsdienraraivionn

frequency-donedin fBpresehiatiote 12@iof twpaudicodantdsd (@moptsnalkymbipe cirathppastiprocessed
version 122" thereahidandRmiRvide.@eniedaasis lesraehiaispaeenerieh spaali-shapad sets 132 of
spectral coeffidents. fle sRem RLgessan 30 May be confidiied 19, apply 8 spactialshaping (o a
set 122 of spectr,aﬁr,‘coe icients, or a 50 pre-processed version 25 erest, m’éfvelpenaence on a set of
linear-ptedicRBRHGEMRam s afiterdlbes it LpiitioRToPRLE e SRETREn SPBPIRESL diddContent to be
encoded in tHeslimetadpredictibrivmiod ovitoobteintdtspientrallyrstrpatsetitfnafisfectpdcerbfficients.
The spectrursopragiess0lol 36 Mayuaieg-bencanfigyeeehiaidRnly BoResl abakabing Jeiasel 22 of

spectral coeffici - | Vers| : [ e t of scale
factor param%%%gﬁlggg‘ég gl %gﬁﬁ%%%?ﬁe%gm%ﬁggﬁé?n@%?ﬁg %%E%%%tggﬁgﬁfgggﬁg%ed ina

frequenc -do?r%%ﬂﬁ%%gg% R R e AR L e YA B SPRGRHR 89aid portion
of the atftlio EbiHte AT BeCE HesHbY MPtife FregpomesFeorsEiomibesol vatbjberems frefeasdor 130 may,
for example, daanprisempacesyeete spiiital? @diitt464 RihEER 2030/Ho4oly b5 phevisesckal8, which is
configured to.pEidathe,se afnla@%aézﬁ%i@i%9ﬂe%&&e&%&&&%%ﬁéaﬁ&im@oﬁ@a&ﬁele factor
parameters %%gtelngr example, thedé)%%%m%geg Iﬂa%\gdfgr }%8 may provide the set of
Iinear-predictlon-élomain p%ﬁrame er inusmg a e r-aprtgxéﬁction-domain analyzer, and to provide the
set of scale factor parameters 136 using a psycho-acoustic model processor. However, other
possibilifes tm prwiohbekiankmg ahqpediigtioresdehyaiatpd ameterst 34rarthetsdtyohspaleséactor
parameters k36cmayigrRatapp!igd-ddeaydie-peeoder 100 also comprises a quantizing encoder
140, which is configured to 10 receive a spectrally-shaped set 132 of spectral coefficients (as provided
by the spectrum processor. 130) for each portion (for example, for each frame) of the audio content.
Anemanve|yf%ﬁ%@5a‘5 SPRPARGPERCRRFSFI gy ForaRer £158%8 Broedsdednpsing axiesoged
spectrally-shegpessssdatigrodfaspushakoutefficie s, bikie gliamtiztdedrepaerniaidiscddhdiguded to provide
an encaded versan 142 of a spectrally-shaped set of spectral 15 coefficients 132 (or, optionally, of a
pre-processed version thereof). The quantizing encoder 140 may, for example, be configured to
provide an engoded version 142 of a spectrally-shaped set 132 of spectral coefficients for a portion of
the audio contShFI8BY SRRSFATH (AR TIEH-Br A CRSFTHBSHETSARS foRfE Prstide Bii8E Bded version
142 of a spectreiies heprerprietion2ioinpedin sbotrafiivichts farinof ertiopwitrecsudit @onfaht to be 20
encoded in thediegueagy-domain mode. In other words, the same quantizing encoder 140 may be
used forencoding spectrally-shaped sets of spectral coefficients irrespective of whether a portion of
the audio corg,ent IS to be epcoded in the linear-prediction mode or the frequency-domain mode. 25In
adidition, the SGHT e 00T SR LA pE S Bl Sl bAYTERETorFFRgER. 1

performing one or more of said methods.



150, which is configured to provide the bitstream 112 on the basis of the encoded versions 142 of the
spectrally-shaped sets of spectral coefficients. However, the bitstream payload formatter 150 may
naturally include additional encoded information in the bitstream 112, as well as configuration
information cCBRtP81¥BfMHation, etc. For example, an optional 30 encodeFP46&#HH{/#e¥d e the
encoded set 134 of linear-prediction-domain paramgters and/or the set 136 of scale factor parameters
and provide an encoded version thereof to the bitstream payload formatter 150. Accordingly, an
encoded versi of li rediction- in eters included.into the
bitstream 11%'?&1%@%%%5%5%%%%%@ igtréc%oﬁgizgn%%g %g @%%ﬁ%aﬁet%%ﬁﬁnﬁg%d%#ﬁﬁ mbc%g and an
encoded verSi6H* WBEERP136 of scale factor parameters may be included into the bitstream 112
for a portion of the audio content to be encoded in the frequency-domain. WO '
- 2011/042464R6DBRIAHARIOMONE Efgdee audio encoder 100 further comprises, optionally, a mode
controlleg 170, which is configured to decide whether a portion of the audio content (for example, a
frame of the audio,content).is to be encoded in the linear-prediction made, or, in the frequency-domain
e, For DR PR e BT L AU TR S BT RIS R o the
audio contentidisechreepFisessetiidision 110' thereof or the frequency-domain representation 122
thereof The mode controller 170 may, for example, use a speech detection algorithm to determine
speech-like pggtigns of theraudio crRRieRhaRdRIavde:R Modecanttahsionalbid? whickpdicates to
encode the portion of the augi%gfgmtg{it iptﬁge I‘irgltl-:-t?rz-lprediction mode in response to detecting a
speech-like portion. In cora1]t1ra%1t, ifthe 10'mode controller finds that a given portion of the audio content
is not speech-like, the mode controller 170 provides the mode control signal 172 such that the mode
control signaFi72 indicatebdwsendode shithpirtisrzoind avdioccontdtoisighel fregdency-domain mode.
In the following, the overall functionality of the audio encoder 100 will be discussed in 15 detail. The
muiti-mode ayglio,sional egeqdey 4003 sonflauad i A TFiEnIX.RNGada helhaprionsg h audio
content which are speech-like nélaﬁgrtlo of the audio content which are not speech-like. For this
purposé,the audio encod® 786" Bfﬁg'gea’lnl‘éeé@?ﬂmo modes, namely the linear-prediction mode and
the frequency-domain mode. However, the timedomain-to-frequency-domain converter 120 of the
audio encodérid. k0 is confipswedaio 2drarsform the SR dificidamaiicrppliieiantation 0Cthe audio
content (for example, the ippytgepresentation 110, or the pre-processed version 110’ thereof) into the
frequency-domain both for the linear-prediction mode and the frequency-domain mode. A frequency
resolution of the frequency-domain representation 122 may, however, be different for the different
modes 8f opdidtien. The FRAUEAHEYRIBITARTISHFe st 998 PEdaUERE B PEAE e oded
immediately, but rather spletreatiyeshapiadsheftre s gf datixbidP G theefitoding. The
spectral-shaping is performed in such a manner that an effect of the quantization noise introduced by
the quantizing;gngoder 1495, kepl suflicleniy emall,n et in ayoid.exsessive disiations, In the
Iinear-predictloﬁ'mode, the spec,tra?rgﬁa m%é yerformed in dependence on a se 13§Lp,o?
linear-prediction-domain FRfS, WEIC re SEPUBIRAETIHNTHS aftio XBlESnioh iHe%ase, the
spectral§haping may, for eediviple;dosperfeimatietich that spectral coefficients are emphasized
(weighted higher) if a corresponding spectral coefficient of a frequency-domain representation of the
inearpredictipqdpmain PaARMEteIS GAMAIISTS ACOMARANCIAURT VolEs LRINELNGIS, spectal
coefficients of the frequen%dom,am 1£)eprese{c}g;1tti;)n 122 are weighted 'Q 35 ,aci;ﬁé%: ce with
corresponding spectral coBfREBEHIS I & SELHATH BRI RS PLSEHEIEI6FHR indAr-3rEtiEtion-domain
parameters. Accordingly, sputha coefilsditd of #seomrebrricy-domain representation 122, for which
the corrggponding spectral coefficient of the spectral domain representation of the

linear-predictigg-gomain paramelerseiake, WP «0LHOM ¢AR4RG HRRRAMINA4R Ml EcqpRaratively
larger values, are quantized Wlktxh omgaratlvczg%/ hlglllger resolution o?lﬁ,e to t?se hé%hergivel%?,tmg in the
fat &8 ¢ PéHio

spectrally-shaped set 132%1%26 e _tg(.} POHEr WIS THSHER; E'8udio
content for which a spectral-BRaMRY- i’ deiceragifeesivith the linear-prediction-domain parameters 134

(for example, in accordance with a spectral- 5 domain representation of the linear-prediction-domain

parametgys 184) brings alongd,a geestRgire-shaRingibecrusS. SRl eelficientsfdhee o
frequency-domain represe@%t_l n 2,.whi§:h.are mﬁxréagergsltl e with respect to quantization noise, are
weighted higher in the spectral Srabitg S SOeRIR TS BiRg /& Hgﬁﬁz%i%ﬁlh%)l introduced by the

guantizing encoder 140 is actually reduced. 10



In contrast, portions of the audio content, which are encoded in the frequency-domain mode,
experience a different spectral shaping. In this case, scale factor parameters 136 are determined, for
example, using a psycho-acoustic model processor. The psycho-acoustic model processor evaluates
a spectral m&€krtastdtdr temporal masking of spectral 15 components B THEI&Gfeticy-domain
representation 122. This evaluation of the spectral masking and temporal masking is used to decide
which spectral components (for example, spectral coefficients) of the frequency-domain representation
122 should he encoded with high_effective guantization.accuracy and which.s | components (for
example, 'sp?é%'rgpcoeffic%ﬁg %f 1§ F{eaﬁgn%]-%gﬁ%%g Fgﬁ?gﬂsg}élli%ﬁ%dﬁo'ﬁlﬁ%(g%e% é%c%l ed with 20
comparatively low effectié-PitizamsHAum e sis demwais, the psycho-acoustic model
processor may, for example, determine the psycho-acoustic relevance of different spectral
componentsgadi ndicatestiRisns prouk- sguisticaliijess-tn periambspesil Al-codan Anestsshould be
quantizeg with low or eveéglgg{%tﬂwe%gp%qﬂg&gg&wacy. Accordingly, the spectral shaping (which is
performed by the spectrum processor 130), 25 may weight the spectral components (for example,
spectral coefficients) of the frequency-domain representation 122 (or of the post-processed version
122" thereof)fig &&cordarfbeith wné}llgémi@%@f& pardméneeder 36 Brdtdet By thia tag/sisvzhcoustic
model processor. Psychadagatistically important spectral components are given a high weighting in the
spectral shaping, such that they are effectively quantized with high quantization accuracy 30 by the
quantiﬂr&g e%cocl r 140. Thus, tge ale factrors ma atd%s.cr' ea Qs%%]oac%ustigg%le%ancg of different
frequencies Sy %uencysgg‘ﬁfas. To ccéﬁ%tfﬁdee}?fﬁee%u&?o efcd ecr_i iSERitchanie B&tvesn at least
two different modes, namisifeitiae it bredidfoneib decediasatrariing ty emamididde, Overlapping
portions of 35 the audio content can be encoded in different of the modes. For this purpose,
frequency-damain represgpfationsafcgiffesenbichniieraply QrecaRRNGY Rediensaf thaisame audio

signal are used when encfg,)a(il,li1 g iﬁ@éiﬁ&g @o({e%@g@n:égﬁg%@t I)éﬁylﬁ,equent) portions of the

audio content in different moges. Spectral%omaln compo f the frequency- WO
2011/0&5464PCT/EP2010/0649'1_7 18 domain representation 122 are spectrally shaped in
dependencelie d3set of lisiwarprcdideiorpuisrming pararhetefsterizrpertidiviontthe adaictesment to be
encoded in the frequencyadafiie Mode];and in dependence on scale factor parameters for a portion
of the audio content to be encoded in the frequency-domain mode. The different concepts, which 5 are

used to detetirpinleéan appropriate $ ectral s@alpir‘}%hé{vhich i\s}te;r)lerforn;qed between the
d iz

. . big, shaws g.table representi QW S8 Ces and transiorm windows.
tlme-domaln-t&frequency- OmaiR Converaion and e quaﬂ] ation/encoding, AlloWs 1o have a good

encodir?é) efficiency and low distortion noise shaping for different types of audio contents (speech-like
and non-speé&izh-ike) 102kaveicaEsvbenhetiA cepraimiptod-igf 31 natkiofoltuing, tensitirdicierrcoder 300
according to another emhgghinsntaf dhednueatiasnwill be described taking reference to Fig. 3. Fig. 3
shows a block schematic diagram of such an audio encoder 300. It should be noted that the audio
encoder 300 is an improved 15version of the reference audio encoder 200Q, a block schematic diagram
of which is sE&wA R Fig. 19"t Ref@Pn CEPSTRE SiGal EhR ot R CBRAG o EifR ZPEMGther words,
to facilitéfie the understaneimepdinies acntidion totherigt@iwsowing to Fig. 3, the reference
unified-speech-and-audio-coding encoder (USAC encoder) 200 will first be described taking reference

t0 the block fhietien da0taN,QLBALSAK FIGIILNDIENIP SN Bfhef: i JalRLeAEE audio

encoder 200 is configured tg recéive an Input representation of an audio Content, w is typically
a time-domain representafidiiPFEIEHS 4 &Wé?egi}t)#eg&%&p #§8H an encoded representation 212
of the audio content. The audio encoder 200 comprises, for example, a switch or distributor 220, which
is configared Detplieditesdieptignbf el Enbbdimenz 10 of the audio content to a frequency-domain
encoder 230 and/or a linear-prediction-domain encoder 240. The frequency-domain encoder 230 is

configured toyreceivg (he Input iEptgsenialion 214; gf fhe audio

In the following, an audio signal encoder according to an embodiment of the invention will

35 be discussed taking reference to Fig. 1, which shows a block schematic diagram of such a
multi-mode audio signal encoder 100, The multi-mode audio signal encoder 100 is
sometimes also briefly designated as an audio encoder.



30 content and to provide, on the basis thereof, an encoded spectral representation 232 and an
encoded scale factor information 234. The linear-prediction-domain encoder 240 is configured to
receive the input representation 210" and to provide, on the basis thereof, an encoded excitation 242
and an encot¥&2Vpeeér coefficient information 244. The frequency-ddthalRPeHed¥E 230 comprises,
for example, a modified-discrete-cosine- 35 transf rmn time-domain-to-frequency-domain converter
230a, which provides a spectral representation 230b of the audio content. The frequency-domain

encoder 230lsq eAMBIsSA YIS ARASH, AL 306 IS5 0 nf'q%eozf;%lgn% 7 spectra

masking and temporal-ma Kin content an to rovide, sc factors

2011104246 EBEHHe BAFHOIRIET- TS HHUh Bl SR ‘r&&dﬁﬁr&?ﬁﬁaﬁbﬁe@ﬁeﬁfﬁ@n -
frequency-dentigrearisd dPD 3o0aidescomibridusia hertel 280acodnitieiscsorifiomerf tbes@@d@the spectral
values providegtdy. the tixaenslertdaiadd<equeaantprodi cobiteren?80n whatdershancedaith the scale

- factors 230d,{herahy.otaining a scaled spectral representation 230f of the audio content. The 5
frequency-domain encoder 230 also comprises a quantizer 230g configured to quantize the scaled
spectral representation 230f of the audio content and an entropy coder 230h, configured to

entropy-codd Hieaydienfneaiiaic AR qsptisesapiEseRRaToRrS TREVSTRIT e BB 9B EHRIed Y the
quantizer 23@gichhe entigmedodec@3hhecnsequprtisnprividd$ thieenactiedspsaairal sgpeesentation

232. 10 The jpearsireciction-domaiRBEOTRE 248 GaRH0KIadiaRIQVIGRAN ehcded exgitation 242
and an encoded. (I.j,PC f||tetijcogff|0|enft formatlon 2r44 on the bﬁ%l he |n%ut audio Jelgresentatlon

210". The LPD CoG&r 910 comprises a nearp ction %%% SIS 24 Wﬁlc i< confi urednto provide
PC-filter coBRERAERACHAR the e%?eacf@ateﬁcThﬁefreﬂB%m@éﬂP.mWM fPéie basis of
the input represehtafion 218 safunscaiticcohtpmiravedtfiirnisder2iemnite dortiprisésminexcitation

encoding, whicheeipriRmbiocpavaltel REanehesi nrwalisedilmé-brangh B58eanchap ddfmBh P branch

260. The bra{b%@%ﬁe@r%vﬁw& aa@eéfgrfﬁgeg&%@ sHééﬂgl LG O &%A@ﬁw&;ﬂ%&m
transfogg -coded XCI tlgjg]g 20r gz%gge raic- nco ed é%:&tatlon 262.The T Xbr nc
S

2
comprises af 2o P EIWHFCEHJ ?2.:7 (& PRIV BETRHESHS tspgb%ientatlon
210" of the atr$iBicienieRpdhel bﬁeuf@mfeéceeeﬁué 9ab@ prevadetapie Rk the apwulyEIdi®40a. The
LPC-based fitareab0dterditide &aridter qhmumlslgrmhﬁﬁ(bbnwhudnaylamdﬂmnlﬁﬁ aestimmitisbsequired by

an LPC- baseaggfuﬁfn&atasﬂgm REgYigR %@c@ﬁ&oﬂhﬁwf&@'tﬁ@ﬁ% d§ ﬁi&‘féc@ﬁi%ﬁlm”ﬁﬁu@d&ﬁaﬁapm
representatlon le .of the aé,ldlo clorgvI t The TC bran 2. alse

modified-discrete-cosne-transtort 8‘?}1 con lﬁrrsedS ?o fec |ve%§me t?ss 38%?55%’5 and to
provide2®n tAEiaSiatferBif M%ﬁ%moﬁﬁgrg?eﬂﬁﬁ%@énm@ﬁ%ea é?%is%mm%ﬂm 250b.
The TCX brawcififiaisutedroprites soqudriizée 260w cdhfiguisd tmeabmvanthefrayemyeetemain
representatioiRRARranekt e Ppitsueeguanieshyersip 26kibeneoff Thedbvel yamichsalss comprises

an entropy- ?&a%q% giéﬁgpggig@%%g)tgf cel gtm%igm%%goylersmn 250f of the frequency-domain

representation lus signa to provide, on the basis thereof, the
transform-coded excitation signal 252. The ACELP branch 260 comprises an LPC-based filter 260a
which i€&onfidgretito 38 eéueldd teo POtk ecofitiantsrRddBopriiidedipy meonParalysis 240a and

to also receiwcﬁir&ilﬁmlfrb‘qnéﬁwﬂtaﬁﬁﬁ 2aResefitiRaudip somkeatdihechRE-hasegdiienzb0a is
configured to,pravige, QR QF!QE%%‘C 1‘229“{19&@-5?)5'&{2? @99@»1&@'89 ﬁx%sﬁéﬁ??%é%?)@mple a

stimulus requwed b ecoder:si PC- b |Iter

2011104246458 ?év?:ﬁgi%éﬂz[ st AR Bt 5% npur
representatloWQI@Yé’Ft?@fé&‘Hﬁflé%ﬁPé’ﬂﬁ ‘CTISHECK@é@’"&éﬁéﬁ"ié@%@él@@%ﬁ%@ﬂm@ encoder
260e cartfigupetiioensadecthiestidililusesigf)an2éipondsing an apptofiriatesahgebiaiorcddirgnalgorithm. 5
To summanzlea;glge@g@\gg‘; 'ﬁ)ﬁéﬁﬂ%ﬁbiﬁ@@%%@n%@%%&%@) B@M&’%&Eﬂ@%ﬁ@@%'@e‘@ﬂ@&‘eé@ﬁordmg to

the MPEG- D, un Jed %\%% c}aﬁngn acydlp wpaméog&mql AFCI)}z (;](JC sﬁdescnﬁ?ed |n reference
[1], adjacent segment an npu can be proce ifterent cotlers. For examp Ie the audio

codec accordifig %Beﬂ‘i’é"@rﬁffé‘c?%ééé%l B %@.@Mﬁ@%@ﬁ@ﬁ@lﬁhﬁ%@tﬁ%@%éﬁ %\?\ﬁ’fch between
a frequency-démdinpecddrdoaSedeots, 10 the pe-paltesativasced 2lidieeodingdédhd@nedialais

describegd, fos&xaaumle; fé&é?#?aﬁﬁﬂﬁ?eﬁ?lﬁﬁ@r' ws&ea&qﬁw@%ﬂm&m&a@% ﬁeda%@o Ramgly TCX and
ACELP, based Qn th the MR-WB, + concept, wh |c escnb d for example, i reference [3].

The USAC encoc?er IS sc %gtlze uen 051 Bi%lf‘f?a% é‘ée‘h %ﬂ“n% %Re ey cfg ec{ﬂ% transﬁ’{ons
between the sheerehtesdBerats o q%@ﬂgﬁp of the audio content to be encoded in the frequency

domain mode. The spectrum processor 130 may, for example, comprise a parameter




or even essential issue for being able to switch seamlessly between the different coders. It has also
been found that it is usually difficult to achieve such transitions due to the different nature of the coding
techniques gathering in the switched structure. However, it has been found that common tools shared
by the differ@? @bH&¥34¢fay ease the transitions. 20 Taking reference no¥ 3t et¥ice audio
encoder 200 according to Fig. 2, it can be seen thatdn USAC, the frequency-domain coder 230
computes a modified discrete cosine transform (MDCT) in the signal-domain while the

transform-cogded;exci ch.( &Eﬁ‘:!, campte dified-dis 3 f DCT 250c)
in the LPC re%?c?uga%%? %On‘?gﬂ E.kthEe Cre {(?uégl (gv%% {{,{A\gls Qc' Sfﬁﬁgo%%sr&lg 5{5‘&%8&1& M
rotueney-d AT BAnPhe i (R TS BT SRR SR o FREPEA, being
applied in a @fFslEt Hohany. meysleiber et rehbacatntiiodsitodéron @atsickipnny Be S$USAC audio
encoder) canitexpglaitittiyntbengiaaipiopestied o he-MPEGE, espécially thadimarsaesainalinsing
cancellagion &119@9)&@#&6-9&4@&13%@%f&@%oﬁf%%@mpl%tﬂ@?%&m@@mnpa?&%é #0) to

another coder (for example, TCX coder aintot rence, audio
encoder ZOO?accoPd r&?g DngnEl |tpcaglanma SO bggg‘e%ethgtt?eﬁ $&%eck§%ﬁa%arﬁg ng the A?.l,‘lq—_)LP branch
260 share a hif@p! ﬁﬂedlctlve coding (LPC) tool. It is a key feature for ACELP, which is a source model
coder, where the LPC is used for modeling the vocal tract of the speech. For TCX, LPC is used for
shapin? 35 tmﬁeqm;)%ﬁH%ﬁ@weaiQ&f@%%ﬁﬁe@% hedvike aesficeniswaod. zdtd&&@uﬁ@yofilt?ring_(for
example, usi e tim npUt re performing
the MD?:OT 250 gwl\%cé_r (()%\?Srr%ﬁti é IS u?ejdrbwns ﬁ? %gggiﬁ% H%gé%rgnsn%g@% C% ?gr%npgetting an
excitation s.ﬁamsaﬁnké%éoa&a%@w@e%ak%mé 52515900 S OF IS BRI 21 ACELP.
It permits additiematiyely, shtaineiisigotatedar Péguey ofeshetfichonitioretsedreexsinC B2P dfame.
2.2Audio SighrtEnpesepdraridirgg tafigpdual nethertedewinthdhguattingionabagcader 200

according 10 Jigs 3, Wil Re deserbgg- eﬁ%&&isx%&’sﬁ%ﬁs?deé?r@%%c\eéﬂ 39%1’[5}%&%&%? gé@&ﬁince audio
signal r%coder ag:c rding to Fi audio sig nco er @n to 3 has some
smﬂanieswﬁf‘ﬁe Ao signal 8RS 2(9 AcBOra etsg g’ Z90 TE G0 Cighal e E@der 300 is

configured t&%@éﬁvé%ﬂhWutf?éﬁ?@w'ﬁatbsncsa’@a@%%ntalmwésm%ﬁpc&ﬁadta’ﬁﬁeﬂndwoﬁfme basis
thereof; an eseotellyrepresentatitin Gkdeitieaifidvcotniant. pingoaurdithsigndibenaoske t300 is

configured t%@&@éﬁ%@@ﬁ&@%@ﬁbﬁ&ﬁ%ﬂ@@%@%&@ ek ilhictaan ekpgedadrepresentation
of a portion qf I ¢ Ra Etﬁ%% Pgré)‘{r Fgo%méﬁ‘?@%o%”ac SRmalp %%d% AT n"%‘enq £ be

di
linear-prediction mote | an encoded representation o a portion e au 10 content is provided
by the |%9earmi4.&1t%ﬁr&%%a?%% o PEABIE BPite UE HrTE UMM SR Wifterent of the
modes may be&p\hsriaspiner iensoting epastdilnehtpedndismelyspechiaincovitagminigrispottise of
embodimentsyigthdhepirineTty-damaitbreders 330 esaivesiindnpulrppesabiatof3Leof the audio
content for aﬁ)&{ﬁgﬁspg(gg&g%g content to be encoded in the frequency-domain mode and provides,
on the basis thereof, an encoded spectral representation 332. The linear-prediction domain coder 340
receives the input representation 310" of the audio content 25 for a portion of the audio content to be
encodedPin the abenp ihelrtbn rensieraltd praviertionsHticermriiie autkewrpapafesbiEuesiEtation 342.
The switch 3280metyidbei usedigoptionaltyyideptebiistitenin pliorcpedsantafidr 3dd tedhersions

frequency- domm%?@%eéégwlé%&os&&edmeam%&mmgr@@%@ﬂ%@%ﬂsm%ymad

frequency- do aln co % also es an ncggl% aIe f ctor infor atlon %346
may 1 mc € 3 1ona orma tre %23
linear- predlc domain doder rovides 8h"encod ST E SR B iIRTSAT Y 0N 344, The

output-sided %ﬁmﬂléﬁé°8§@¥§%hﬂ§8¥@&t¥6ﬂp?a\’/ﬁﬂ% 15@%1%6%& ?éﬁ?@@@ﬂfaﬁ@nosm&lz of the
audio céfhitentnthdeenicddectspertnal thpresadiaticrt 332 afidititerenaddschstateifagtorinfiersnation 334

for a portion ghdhg addia contentie %ﬁﬂﬁ%ﬁ%ﬂ&i@ﬁdf&wa@% -SRI RRE 0 REQGER, @s the
encoded repPRGRE g?ﬁlgayl?'oac?i Pof ‘%t%:ufgﬁ? AR r%’xép}? &8 co%gd version of the set 134 of linear-
prediction-domain parameters may be included into the bitstream 112 for a portion of the
audio content to be encoded in the linear-prediction mode and an encoded version of the
35  set 136 of scale factor parameters may be included into the bitstream 112 for a portion of
the audio content to be encoded in the frequency-domain.



WO 2011/042464PCT/EP2010/064917 22 excitation 342 and the encoded LPC filter coefficient
information 344 for a portion of the audio content to be encoded in the linear-prediction mode. The
frequency-domain encoder 330 comprises a modified-discrete-cosine-transform 330a, 5 which
receives the YiAaLaehditt representation 310' of the audio content and trBREBPAIL#EXIMe-domain
representation 310' of the audio content, to obtain DCT-transformed frequency-domain
representation 330b of the audio content. The frequency-domain coder 330 also comprises a

psycho-acoustic %5‘&9’%&%&@&%&“ grc&%ﬁ eesd J (o] r%g lve the t %8 g j[fre%enhatlon 310’ of

the audio content ani r}}?e basj|s thereof, gale %ctors he encoaed scale

factor mform‘é‘f &?ﬂﬁfﬁ%fﬂﬁ&ﬁﬁﬁﬁl§8‘%?anﬁ§8’§a§‘%n?oﬁ?é’?@3%@%onflgured \
to apply the gedie ¢aetens %@@mm%mﬁﬁ@ﬁgwmfr@qmdewﬂmﬁmrﬁw@wmgm 330d of the

~ audio contenhdBeofderiits poapesh ehdifferenianedtical Coelficianis of the MR GIrcansiosme

frequency-dongin m&sm&%ﬂm&% 9&3@&&&%&%%%W%@H¥%?%é%éﬁ@fé%&éﬂaﬁs
Accordingly, a 15 s ectra gg edv sion 3 Of oft Eg Ttran formed ﬁggq\lency- omain
i

representation ?ffﬁ ofot'ﬁe R R alfe 0 n'tHe’ sﬁ’éc‘f?ﬁifn Ky & %Déeﬁ%}med in

conte IS O aine

dependenceWﬂ‘?@’éé&%@%&%@mlwr@@ﬁhéﬁ@mlﬁ|@?1§1€t@%1ﬂ(ﬂ91%§6%|§a¢aﬁm€i§‘qé‘fge scale
factors 330eravdassuoihteghah iy 2mhichsizbchpyaeo sperteahregpait tof wHaiehdio mypseatirelesmaller
scale factors@é%;%&@ﬁﬁ@ﬁ@&%%@gﬁ%@%%&!@ﬁ@%% &Qﬁ‘ﬁé §&%@&S@:ﬁ%ﬁ9§§e§f%uantlzer
configuygd tq re&eé‘é%égﬁer%f? a:fewa”il(h hAReg) s ersé’”é%%% L ihe MDGI -fangformed
frequency- -domain representa 565Gt the audio content, and to provide a uaﬁnzeglversmn 330h

thereof. The ?P@&Ggﬁﬁ/—”gdﬁ%ﬂe&&a@% HeBd Gieprlsee éﬂcéﬁ%ﬁgeéﬁﬂéﬁ* xiol signgliidd to receive
the quantizeéhdmatisrio330hdandidpprividd tonakionasisithierdufirtgesnpeldetispecial representation
332. 25The quantizer 330g and the entropy coder 330i may be considered as a quantizing encoder.

The linear pfﬁd{ﬁé'%ng% ILROGRE SR AOMRLIRGS ?&%9{9%@8%%01%6% Jéf@ £360- In

addition, er 3 prises an LP an 340a IS CO y use e TCX
oranch 50 Afihg B TR GHSBGT 3%@9&3 %B?o‘&u&é%’}?ﬁ%/ﬁﬁé? ients 340b
and the encdt!E‘HOIQPQﬁﬁ?@“éﬁé?ﬂé?@ﬁt%hﬂ@tm%hﬂ‘@Wéﬁl@%@%&ﬁﬁﬁ%@@imﬁvﬁ%‘é’}a?hM DCT

transform 350a, whipheshdtirfigurehipuaesy ehasudiv MOGTErt ta0 oty ut, itast timentdaigsain

representatioR.34Q" dlRRIARIQINR RS iig MDELR3Ra altha rsue nfwdomain.cader and the
MDCT 350a fthe TC%% branch 50 receive f(t |ff(—f5%n0)fr%8rtlon§ of the sam gotlme dam
0

0 05 Fin inpuit sgﬁas O\/\?E)c%il/ 246%59 &?010/064917

representatlon%ﬂ e audio co tegl‘rlrt1 as trans
23 AccottindRm i euh Gidar: HRer SRR S o el for audinrorien e wrrlse At g8 ontent are

encoded in differsattatiodels, the ME)QI@@@@@S@‘&W@@@I@]déﬁc@d@nfamntoddelf@@eaqddbmdiZaDCT 350a
of the TCX bragchisSthmapsacaivadime damaindenIRserialines faving antIparakayerap as
transform in%&cﬁ&f@ll%‘f B %&%@&o&ﬁ%@@eﬁéﬁ&qm may, however, be different for the
different modes of operation. The frequency-domain representation 122 is not quantized
25  and encoded immediately, but rather spectrally-shaped before the quantization and the
encoding. The spectral-shaping is performed in such a manner that an effect of the
quantization noise introduced by the quantizing encoder 140 15 kept sufficiently small, in
order to avoid excessive distortions. In the linear-prediction mode, the spectral shaping is
performed in dependence on a set 134 of linear-prediction-domain parameters, which are
30 derived from the audio content. In this case, the spectral shaping may, for example, be
performed such that spectral coefficients are emphasized (weighted higher) if a
corresponding spectral coefficient of a frequency-domain representation of the linear-
prediction-domain parameters comprises a comparatively larger value. In other words,
spectral coefficients of the frequency-domain representation 122 are weighted in
35  accordance with corresponding spectral coefficients of a spectral domain representation of
the linear-prediction-domain parameters. Accordingly, spectral coefficients of the
frequency-domain representation 122, for which the corresponding spectral coefficient of
the spectral domain representation of the linear-prediction-domain parameters take



5 the frequency domain coder 330 and the MDCT 350a of the TCX branch 350 receive transform input
signals which are "in the same domain”, i.e. which are both time domain signals representing the audio
content. This is in contrast to the audio encoder 200, wherein the MDCT 230a of the frequency domain
coder 230 ré¥ived/ &t domain representation of the audio content whfié’¥E@#8e$1250¢ of the
TCX branch 250 receives a residual 10time-domaiwepresentation of a signal or excitation signal

- 250b, but not a time domain representation of the audio content itself. The TCX branch 350 further

comprises a f&'tefagﬁﬁtihgi%t bAnsIarmer F0R, sl ssnial g HAnlOim e LRG dller

coefficients §,4 Into, the spectral domajn, to obtain vaIuTs ¢. The filter coeffiglent

2.9
transformer 3588 8 SRty ?Qadasé’ta%‘?h?h% PRSFEAI RS ORI ID CrosAVENEY. The TCX
branch 350 #ists eermsiides aichmpiter @85Gt ivohivhirdceivestHeMPETn Bsaetdinse didpiEsentation of
the audio conient-prdithiergaimy uessahfeansip(Gridssngicha basisderesfith apaeirally shaped
version §50%&£aﬂ?r%%€em@dﬁ5£@Eﬂaqgiég%%@a@ﬁt%fﬁ&&hcsa%%ﬁqmﬂmfgaﬁ*a@atg&seﬁe, the =
combiner 20 3500i1wel%h1t75 s%ectral %%Ffﬁ%gntg (%ft0 thl\é”:t)re T-élrlgn_s g{%néll%dr ée{)ré%stea%%tl?gbof the audio
content in d&PERdEHEE BN tifd a%us t?/ca} {350 Fnsorde_r to o%"{agnythe spe_ctr% shaped vetsion 350e,
The TCX brardrbssy Mee BT e EIGeamtsdp I5ORITRR iRty ety e tiaherti Bpectrally
shaped versipac8aDehabitie MECEatrarsitinted rppresatitation of e dudid o tite muanigziogprovide a
quantized vessigh3P00ithetenfyThe.E&X branch 350 also 25 comprises an entropy encoder 350h,
which ig configured to provide an entropy-encoded (for example, arithmetically encoded) version of the

quantized representation 350g as the encoded excitatjon 342. Thg ACEﬁge%ranch c%m rises an LPC
based filter 3BCRAFFTEHPREERR X e PREorfRat CBRALIENSSA6R Db Y lysis 340a
and the timendoinainpejsresendifiiond seectttisbapingid i driseraseTivale PCioynsentiters 3804 akes over

the same funglicaatitn A ihediife based dileycB6Qrandcprpdees e RULITIOPsTGRAIGE: which is
Sduvalent 1o,bg: PHAIAN:RLAR0Y %@@PE&%@%@@Q&%@&&%@% Y Afekikdr encoder

360c, which Is equivalent to the ACELP, encoder 260c. The 2 encpder 36Q0c, provides 35an
encodelf exciPRHHIEHS ‘?&%eﬁ%r%ﬁf‘?%f tREUD S HRENCR @ggl]%%cfé’a%%?fﬁrgl %ghﬁéﬁifgaﬁmode (which
is a sub-modeaskinanddempreriBticking stejed\ i TR IR MIUBREET FERPEFDIS 650 £722% Regarding
the overall fupetipaiadidyffitidiesputiibeofepdec30@niticarpbaamddthdf gontldrrotthedaddiidicontent can
either be engdedra.the feateRRRdRRAINBRISHIBH IS dEXapshdnbightisxadips, sybemapde of the
linear predictior]ffmod% or £n J@ee %%E%llé& Pr(p& eagvhli,%;}rége%g&ggngﬁub- odb% ogﬁlggdgge%i%rediction

0 e

mode). Ifap%or?lolr{flg? e audio 5 content is,encoded In the frequency domain mogde or in the TCX

mode, tHe pGRIBPRET R AIRIToCE5A R At AR SREHHSY- it tHE Y Iy ESTRARAGLHE the MDCT
330a of the fregistmeycdsmairerofie resatipte MIBEMBB0AD D shiehT-@XUstansie Both eialii@an 330a and

the MDCT 33Qa-pgeratepshta6 tim@ domeirerepresepfationnbtie.aydiesanientaandsealoperate, at
least partly, Qg %ﬁ&s@s' ertiang.L e AU ARNIEN! Wheadhets S A anaition:td etweey the
frequency domain node and the TEX mode. In the frequency domain mode, the spectral Shaping of
the frequency* P’eﬁ’?&s*é’ﬁ‘f&ﬁbﬁh&%ﬁo‘éﬂqﬁg fﬁé’ﬁ%%@;leqr ﬁg}grﬁ?g?%ﬂgcﬁgsr%r%%?d in
depend&nce Bastiisisharber apeeiBrentnoaanis ther sapaidaceaste speeimnt3of hmbsrereyTCX mode,
the spectral shapingaithenfstgnancy domain represertatid ndgpsvided’ ke M DGE3aRacs performed

in dependence,onybe i kﬁ’c%fiks%faméﬂciﬁﬁspw@uwgy%fg%&@mg@ tRR) Fhrgquantization
330g may bePsmllllar to, or eyen identical to t{}ﬁ %%antlzatlon 3501, and %{;%entr%g  encoding 330i may

be similar to,'§r' € Sagt 5%??01& t%{lffﬂretag%tsf%eﬁy encplaf’r?él%ﬁ{%%g?%% C“Ff : heform 330a may be
similar to, or gFehatEHRRS ek &M BeT HarSfcHEES0RILENVED Tahctasi HRHER SGHEEX the MDCT
transforift mayy hibeugeshiiriie dneqdenifdimainticoderts 28c880 may thecl@Xabpaywdle@60stioreover, it

can be seen thatihe. P G dilterceaflicients.34@haresaddoth by the TCX branch 350 and the ACELP
branch 360. This facilitates transitions between portions of the

To conclude, the audio encoder 100 is switchable between at least two different modes,
namely a linear-prediction mode and a frequency-domain mode. Overlapping portions of
35 the audio content can be encoded in different of the modes. For this purpose, frequency-
domain representations of different (but preferably overlapping) portions of the same audio
signal are used when encoding subsequent (for example immediately subsequent) portions
of the audio content in different modes. Spectral domain components of the frequency-



audio content encoded in the TCX mode and portions of the audio content encoded in the 25 ACELP
mode. To summarize the above, one embodiment of the present invention consists of performing, in
the context of unified speech and audio coding (USAC), the MDCT 350a of the TCX in the time
domain and ¥EYiIivgHHesLPC-based filtering in the frequency domain (cBRT#R2418063%0d). The LPC
analysis (for example, LP analysis 340a) is done as oefore (for example, as in the audio signal
encoder 200), and the coefficients (for example, the coefficients 340b) are still transmitted as usuml
(for example, in the form of encoded LPC filter coefficients 344). However, the noise shaping is no
more done b@ogl_abr[ylrr? rfﬁﬁlﬁ%%?rtﬁe orf%nsgeﬁkél? usﬁ %%eé%ﬁy?r%aeggﬁ%%h%gair?et%ec’%r?afaﬁgerhcy domain
(which is pefEiHHATR RO RAL ARy it RAFINRH 3EO AUFRS HRIREE EhapisacRitAcfrdbfiency
domain is achigventhylovavorting. el PG rodticiemss¢ide ExamphertieteisHE diltertzwesfickents 340Db)
into the MDGligslo Baaibniveh ishemaidaaer ereaechby dbadikensnefisiantrerQoncepts, which
2011/042464R NG UG S SpnsloubatF Wl Fondeialls geleranacamanilo Fio. 3

i e.LPC-based no%e omain.

which shows the concept of applyin shaping o X In frequency
it Ut SRR il HiRolhing, the
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> SDetaits ARG RGO ERGH AT SETEERGR 37
computationt@iél agphéatisabrgrifncycaRidndivtioa deiseribapingifet, dfEppropmatecdet of LPC
coefficients argicalcriaindsiaethdipeandniohGpéavintiosy, for example, using the LPC analysis 340a. A
TCX window may be a windowed portion of the time domain representation of the audio content, which
is to be1 ncogled in Alu%ll(pg T(C):Jérrﬁodoerai'l'h% iC ?nalysis windows are located at the end bounds of
LPC coder frames,msﬁ%vm-msﬁrg—ﬁlg%' 4 irtg reference to Fig. 4, a TCX frame, i.e. an audio -
frame to be encoded in the TCX mode, is shown. An abscissa 410 describes the time, and an ordinate
420 describés it fioigmitug envaldiés akadwiFi0wehonditigrio Anothte rpolationes dbtie forveoinputing the
LP? set %f _C%‘flf iS_EG&éfe“cﬁﬂ&b ﬁ@fﬁg%@f&ﬁi&@ tonthe Qafyg.e@%% tRIbERXHRERAW. Cfi?&g_eaiﬁt%moolation"is
performed in nce s e vhere t oe re usually

%1%@(‘)%%{? %%}%;oc{%?%@. f sﬂés\gﬁﬁ%%@éddr%ﬁﬁ aﬁﬁﬁﬁ‘oee%cl;‘%ﬂ-?o% O&] dgﬁlé%é g

guantized an e Interpglate efficients are then centered in the middle of the TCX
window!of si¥&rE B IheBRiFRCg;2ud0 Epr st 2 RiPek SENTTLLE 48 T, O IR SRRWR an

illustration ofisr&d. RC coefficients interpolation for a TCX window. 25

2.1 Reference Audio Signal Encoder, Accordins to Fig. 2

20 In other words, to facilitate the understanding of the audio encoder 300 according to Fig. 3,
the reference unified-speech-and-audio-coding encoder (USAC encoder) 200 will first be
described taking reference to the block function diagram of the USAC encoder, which is
shown in Fig. 2. The reference audio encoder 200 is configured to receive an input
representation 210 of an audio content, which is typically a time-domain representation,

25  and to provide, on the basis thereof, an encoded representation 212 of the audio content.
The audio encoder 200 comprises, for example, a switch or distributor 220, which is
configured to provide the input representation 210 of the audio content to a frequency-
domain encoder 230 and/or a linear-prediction-domain encoder 240, The frequency-
domain encoder 230 is configured to receive the input representation 210" of the audio

30  content and to provide, on the basis thereof, an encoded spectral representation 232 and an
encoded scale factor information 234. The linear-prediction-domain encoder 240 is
configured to receive the input representation 210°” and to provide, on the basis thereof, an
encoded excitation 242 and an encoded LPC-filter coefficient information 244. The
frequency-domain encoder 230 comprises, for example, a modified-discrete-cosine-

35  tansform time-domain-to-frequency-domain converter 230a, which provides a spectral
representation 230b of the audio content. The frequency-domain encoder 230 also
comprises a psycho-acoustic analysis 230c, which is configured to analyze spectral
masking and temporal-masking of the audio content and to provide scale factors 230d and



The interpolated LPC coefficients are then weighted as is done in TCX (for details, see reference [3]),
for getting an appropriate noise shaping inline with psychoacoustic consideration. The obtained
interpolated and weighted LPC coefficients (also briefly designated with 1pc_coeffs) are finally
converted toWADOT/&Eade factors (also designated 30 as linear predictio®Ggua0geiv49atues) using a
method, a pseudo code of which is shown in Figs. I?a?and 6. Fig. 5 shows a pseudo program code of a
function "LPC2MDCA1T" for providing MDCT scale factors ("mdct_scaleFactors") on the basis of input
LPC coefficients ("l oeffs")..35 As can be seen, the function "LPC2M.DCT" recejyes, as input
variables, th(fé\gI Eﬁécg)géfi Fé"lﬁ sfalcﬁgr_éfﬁ:%%ugﬁ L%g% 0 Heér%%iﬁ%m?ﬁ ORI FIERESNi AoV S e values
"sizeR", "sizERMPrisFet sHra AR st heii PR ierEA Brigylel AR SafERA [P eHImseMidA Byrtisdulated
version of thérh& @ oeefficiértsicasysthovainatsederen s b inerat &riiBnodsvadn the 4R factors
2011/042464B G IEE0] URBAR 26 arenpRiiieR flibg Aty SoRguRAlalA G Aatieniel the array
‘Inmaghatals having, igloss betueesd) and dn. prder o L a1e 59140 valies, delerinad by the
corresponding %‘S& oetieient s;f)pc&oe sl md%lﬂuﬁateél y a cosin ferm-or a siné term, Entries of the

array "InReafPt4" BAEAhAPRIGTSREHRatNG RaibehdiepEowrakRale e PR w5 REEDIERABYY, the

arrays "InReadBagafid dndetimmiagBistafiy’ destiibé acededl pactridreprémagifaryopaiteofradiime domain

response desghigchRiviiel bR G qetfigiants omadidlatadpyits &LoR0R exn Fo@ehHR pry 1618 (eoS(i

.7r./sizeN) - eﬁl&ge&rfﬁg&%ﬂeéﬁéﬂgﬁ% ugptly, a complex fast Fourier transform is applied, wherein the
iI"an m

arrays "InRealDatali "InimagDatalir describe the input signal of the complex fast Fourier
transfor. A result of the complex fast Fourier transform is provided by the arrays "OutRealData" and

"OutimagDatBe Thers:pirdigheydomumesaidutd & dceoignsdp arvide serisafsdctrai lebetficients

(havi ng frequEnanindicesdice preSdiiting ibfitiBE ikermbiirespbnee uﬂemgﬁbe_m ty theuti mﬁidoma@ n f@ lter

coefficients. §B¥é’§€£’t§§&£‘¥21%)@*9@%%%419QJ@@PQW%S}H;SE&%Géﬁ%ﬁ%ﬁﬂ@ﬁ%ﬂﬁyﬁé reggiency indices
|

| and which aie designaied with, mdcl, sealeRaclorsll A MDGT seple faclon mogiscaleFactorsil’ is
computed as the inverse the ‘adSoluts valte of the ra

C .
corresponding spectral coe icient fdescrlbed

by the éﬁtriegoﬁ&ﬁ@aiﬁafﬁﬁi%%@mFhﬁé’ﬁéﬁa?ﬁ")l}e input representation 2107 of the audio

content. The LPD coder 240 also comprises an excitation encoding, which comprises two
parallel branches, namely a TCX branch 250 and an ACELP branch 260. The branches are
switchable (for example, using a switch 270), to either provide a transform-coded-
excitation 252 or an algebraic-encoded-excitation 262, The TCX branch 250 comprises an

20 LPC-based filter 250a, which is configured to receive both the input representation 210"’
of the audio content and the LPC-filter coefficients 240b provided by the LP analysis 240a.
The LPC-based filter 250a provides a filter output signal 250b, which may describe a
stimulus required by an LPC-based filter in order to provide an output signal which is
sufficiently similar to the input representation 210°* of the audio content, The TCX branch

25  also comprises a modified-discrete-cosine-transform (MDCT) configured to receive the
stimulus signal 250d and to provide, on the basis thereof, a frequency-domain
representation 250d of the stimulus signal 250b. The TCX branch also comprises a
quantizer 250e configured to receive the frequency-domain representation 250b and to
provide a quantized version 250f thereof. The TCX branch also comprises an entropy-

30 coder 250g configured to receive the quantized version 250f of the frequency-domain
representation 250d of the stimulus signal 230b and to provide, on the basis thereof, the
transform-coded excitation signal 252.

The ACELP branch 260 comprises an LPC-based filter 260a which is configured to
35 receive the LPC filter coefficients 240b provided by the LP analysis 240a and io also
receive the input representation 2107 of the audio content. The LPC-based filter 260a is
configured to provide, on the basis thereof, a stimulus signal 260b, which describes, for
example, a stimulus required by a decoder-sided LPC-based filter in order to provide a



It should be noted that the complex-valued modulation operation shown at reference numeral 510 and
the execution of a complex fast Fourier transform shown at reference 25numeral 520 effectively
constitute an odd discrete Fourier transform (ODFT). The odd discrete Fourier transform has the
following forMEHAYXEAEG+= XHe n=0 k \ n NL 2) 30 where N = sizeN, whi§H/BRAPAMEY the size of the
MDCT In the above formula, LPC coefficients 1p E}coeffs[n] take the role of the transform input
35function x(n). The output function X0(Kk) is represented by the values "OutRealData[k]" (real part)

and' OUtlmaﬁQ&%&eﬁr@% H}%&Qﬁl@ E%%JS/%%}%P%T%PZMO S06%4 .1/ 3? The f#llnctlon

!
"complex_fft()" is a fast implem on o entional com discrete Fourier trans orm (DFT).
The obtainedHBEFER %ﬁ%&@@t‘% 8ty ?é?% SHoPEE SS‘?@"})’%&W FAFQET wRHEKOLeHEh used to
scale the MOTeasrtha shirulpicigel 2 pRbthEny DGPBeavidtotitedbitipeodipmalzaribnscaling will be
performed in accordance with the 5pseudo-code shown in Fig. 6. 2.4 Details regarding the windowing

ang th67 S’Ve(;i?)g%kﬁgnanzx?‘ﬁemv‘%ﬂ% %%éﬁwmlamtfs? QQEW%P é%ﬁ?ﬁﬁ&%ﬁ&&@éz&%@;rgeigﬁed
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is descnbed in reference [1], adjacent segments of an mput signal can be processed by

different coders. For example, the audio codec according to the unified speech and audio

coding working draft (USAC WD) can switch between a frequency-domain coder based on

10 the so-called advanced audio coding (AAC), which is described, for example, in reference

{2], and linear-prediction-domain {LPD) coders, namely TCX and ACELP, based on the

so-called AMR-WB + concept, which is described, for example, in reference [3]. The

USAC encoder is schematized in Fig. 2.

15 It has been found that the design of transitions between the different coders is an important
or even essential issue for being able to switch seamlessly between the different coders, It
has also been found that it is usually difficult to achieve such transitions due to the
different nature of the coding techniques gathering in the switched structure. However, it
has been found that common tools shared by the different coders may ease the transitions.

20  Taking reference now to the reference audio encoder 200 according to Fig. 2, it can be seen
that in USAC, the frequency-domain coder 230 computes a modified discrete cosine
transform (MDCT) in the signal-domain while the transform-coded excitation branch
{TCX) computes a modified-discrete-cosine-transform (MDCT 250¢) in the LPC residual
domain (using the LPC residual 250b). Also, both coders (namely, the frequency-domain

25 coder 230 and the TCX branch 250) share the same kind of filter bank, being applied in a
different domain. Thus, the reference audio encoder 200 (which may be a USAC audio
encoder) can’t exploit fully the great properties-of the MDCT, especially the time-domain-
ahasing cancellation (TDAC) when going from one coder (for example, frequency-domain
coder 230) to another coder (for example, TCX coder 250).

30
Taking reference again to the reference audio encoder 200 according to Fig. 2, it can also
be seen that the TCX branch 250 and the ACELP branch 260 share a linear predictive
coding (LPC) tool. It is a key feature for ACELP, which is a source model coder, where the
LPC is used for modeling the vocal tract of the speech. For TCX, LPC is used for shaping

35  the quantization noise introduced on the MDCT coefficients 250d. It is done by filtering
(for example, using the LPC-based filter 250a) in the time-domain the input signal 210’
before ‘performing the MDCT 250c. Moreover, the LPC is used within TCX during the
transitions to ACELP by getting an excitation signal fed into the adaptive codebook of



performed when switching from a frequency domain coder to a time domain coder using 15"lpc2mdct"
for transitions. Taking reference now to Fig. 7, a first audio frame 710 is encoded in the
frequency-domain mode and windowed using a window 712. 20 The second audio frame 716, which
overlaps theWstdadidfame 710 by approximately 50 %, and which is e{GHExd ig16d817
frequency-domain mode, is windowed using a window 718, which is designated as a "start window",
The start window has a long left-sided transition slgﬂe 718a and a short right-sided transition slope
718c. 25A thi ig frame 722, which is encoded in the I rediction mode, is windowed using a
linear predicfi{ogrﬁé%j)tep\?ﬁﬁ%l%\ﬁ Eﬁ’r\%ctﬁ 8%%51%5?3%%%??%&%8 RERSHEH i%f)léeﬁﬁta matching
the right-sidéhqgéﬁsf’f?é‘ﬁﬁslope 718c and a short right-sided transition slope 724c. A fourth audio frame
728, which is encoded in the frequency domain mode, is windowed using a "stop window" 730 having
a comparatively shagdpfksidadiiangition.3R8ine ¥30g and a comparatively long right-sided transition
slope 730c. When transitioning from the frequency domain mode to the linear prediction mode, i.e. as
a transition between the second audio frame 716 and the third audio frame 722, an extra set of LPC
coefficients (IsBedRERiRtedb Pl CREME B AIAGEER O F o cifilh be Sprdpsst fahsition to
the linear prabictiorpeionmelitravdinglrhodedaMOlrodtrenzi84RG P 20000649 2rcatlipeidiction
mhode- Talllcirlglg.ei,ea@&ﬁ@m 9oy -e&céﬁ@ﬂﬂd@%@&ﬁ?ﬂ@&b q«"f'gr.sgl auﬂ@ﬁa@g@i&}ﬁiég lWiﬂﬁﬂ&WZd usi ggz
the so-called,” Wi N i), the frequency domain mode. The "long window" 81
comprises ad%uﬁnggé%%%gﬁwyofgﬁggr?%ﬁ%sﬁgg ?(rgai%it?én slope 812b. A second audio frame 816 is
windowed using a linear prediction domain start 5 window 818, which comprises a comparatively long
left-sided traAsievdilotena gwodmichiraermdizarsl g Hecsitre dur dmuitiorpsiespagapB 16f ehawindow
812. The lineaxjrecigiioncarmapistdd, winthebBiSinao f amprisekd epraeataite Shdrikght-sided
transition slope;3180Hhesrcond AudioManc8Los snaatndi the fbeataiasicionsgde-
Accordlngly,#PC filter.coefficients are etgrmlned f((i')rdthe secgpg aud%o frame 81?,ﬁzland the time
domain 10 sar%%uleens%fl %I%a}lsnet%ong’alﬁd‘f‘élﬁar% gllcé’ are also trans grr?]e% il ol?ﬁe?speect?% ,0
represeaticiigH §sar M ToIT Adepe et i cRdlsts 230 niardnadieasedredistismmrds fr the
second audiovireman 816qdurertipersappiedoinatherfirepfdhe yudbomin e ds psed dal Syyabtraltysshape the
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724 describ?g@ggo%e%%%e t ircg'il@ﬁj%aéics)1 *gerﬁ]gvé%%@&eﬂr?g%dme&g{?r%ﬁ%Fn’éé{?g\r%ﬂsl%ggg% rﬁgg{géi fourth
audio frame 8389 Witowed using a window 830, which is substantially identical to the window 730.
20 The Hdbncept described with reference to Fig. 8 brings the advantage that a transition between the
audio frame &40, frdyichds-engeiledifetheslyeguanay denepntmedesusia Soecajlechélengiwindow” and
a third audio frame 822, which i sRoRARLINER linsatisdictionmededisinghgyindRw:824, is made
via an intermediate (par ovglag%lr%gg iS secondcg#dlo frg e 816§ewh|ch ?fgc?gedl.ln the linear
prediction m&de USing the WindSW 9 s_ffﬁeegg% id R frraer%rg |sn¥g§5(i)8a ncoded §tich that the
spectral shagiffgiripe dommarieha4Pageeies Hermam [Feetkitg s | ér"ééé?f%}éﬁ‘?t wPaESformer
350b), a:gooéthoyedajantiiadaddietweentiichavdioded inaldlhengadéidiinnt hefremdepoyidsmain mode
using a windgwhaving a&epPa alivsdydReHaM-sidetitansiion 8ops 81 Banshtionally, to

provide the input representation 310 to the frequency-domain coder 330 and/or to the

linear-prediction-domain coder 340.

30  The frequency-domain coder also provides an encoded scale facfor information 334. The
linear-prediction-domain coder 340 provides an encoded LPC-filter coefficient information
344,

The output-sided multiplexer 380 is configured to provide, as the encoded representation
35 312 of the audio content, the encoded spectral representation 332 and the encoded scale
factor information 334 for a portion of the audio content to be encoded in the frequency-
domain and to provide, as the encoded representation 312 of the audio content, the encoded



30 the second audio frame 816 can be obtained. In addition, encoded LPC filter coefficients are
transmitted for the second audio frame 816 instead of scale factor values. This distinguishes the
transition of Fig. 8 from the transition of Fig. 7, where extra LPC coefficients (LPCO) are transmitted in
addition to s¥&fe2fattdi4sdlues. Consequently, the transition between the B&GBPY digdisiffame 816 and
the third audio frame 822 can be 35 performed wmi ood quality without transmitting additional extra
data like, for example, the LPCO coefficients transmltted in the case of Fig. 7. Thus, the information
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described wMDéféﬂezmséomleg&@;ﬁmaiodmus@pmsem@bdeﬁgm) efctordidiptooBigntiis eey similar to
the audio sigigala@0 Becartingtedeithad «sbEtihal demicimisansandsianaleane dasianated with
identical refefence x%ﬂ% r?éﬁbﬁﬁdtﬁe 3&3*9@0%}&%%&98%9]&{@&@9%%9 %912:@'%‘8’&!! B%%lg"éted here,
and reference is made to t Iscussion of encoder Howeve e audio signal

0 signa

encodet000REEINFLPH coXTFrRor iy the® éaudfh %4%?%%6@&@@%6% eI LSRBHEr 3306 of
the frequencyeEsasairtiondaig30ict %@@tlmabﬁﬁyﬂﬁ’}e‘%l@Wﬁrﬁ%@ﬁ?@*ﬂlrﬁé‘&]@lpgemctlon
domain gain pafsassachcdaitkiempenirélshapnfidtas thisuihesen amwitahrO30nds sedicvhich allows
to feed e'the%ﬂﬁ;éﬁﬁ’«%@%ﬁ%t@ﬁ@ﬁ%&@% lineaspuedigtion éﬂ%ﬁ%ﬁ&?&%‘f%&%ﬁ&? dasthe
combiner 330e f%r t{le srgectral g_‘r\gelpfs éhle §¥e§rtr%l3ﬁoeﬁfrf|ments f% e&’brhe S the ald 10 S|gnal

encoder 900 knows evenpﬁ%ree ofo eration, name requenc fhe time

domaind®préSaRtaorPbe tHETREERS ééi’f?éﬁ‘??é S@I@é’r’{%fiofﬁt@&fi’r‘(f’oth‘?es QHESFGBM?'PF@ng the
MDCT 330a el spititraf sheapiid(s-apmietiedtfedreguedeyndomeiresepagisentalibro83db of the

audio contenjpislepaRaensa b the atale dastarsS38dion sentizeebanthensafrdovalsion,332 of the
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version 330h and to provide, on the basis thereof, the encoded spectral representation 332.

25  The quantizer 330g and the entropy coder 330i may be considered as a quantizing encoder.

The linear-prediction-domain coder 340 comprises a TCX branch 350 and a ACELP
branch 360. In addition, the LPD coder 340 comprises an LP analysis 340a, which is
commonly used by the TCX branch 350 and the ACELP branch 360. The LP analysis 340a

30  provides LPC-filter coefficients 340b and the encoded LPC-filter coefficient information
344,

The TCX branch 350 comprises an MDCT transform 350a, which is configured to receive,
as an MDCT transform input, the time-domain representation 310", Importantly to note,

35 the MDCT 330a of the frequency-domain coder and the MDCT 350z of the TCX branch
350 receive (different) portions of the same time-domain representation of the audio
content as transform input signals.



30 included into the bitstream for an audio frame encoded using the frequency domain mode. 2. Linear
prediction mode: in the linear prediction mode, LPC filter coefficients 340b are 5 determined for a
portion of the audio content and either a transform-coded-excitation (first sub-mode) or an '
ACELP-cod@iO3E#AfRffiis determined using said LPC filter coefficients RAbBPHENEHIg on which of
the coded excitation appears to be more bit rate e ient. The encoded excitation 342 and the
encoded LPC filter coefficient information 344 is |nc uded into the bitstream for an audio frame

encoded in the ingay 9%095%%%%8@&@ o%efggﬁﬂg%gﬁw Zoh mAAE B LES) s sqgffigent based
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prediction do‘i’?ﬁﬁﬁe@%’é’ﬁf’fﬁ}?&%’é’ﬁﬁ%‘ﬁ%fﬁg ‘MDCT used by the frequency domain coder 930
corresponds to the dimension of the MDCT used by the TCX branch 350, and if the quantization 330g

used 30 by thadrequenesndonsinadier Adhassesiortsdefvenuantizating 350buseithyithe TCX
branch 350 aadqtheapikan #AcernBSIRe-uer YIRS SRrENe: dRAINAs, GoaaRPNTS with
the entro codln 350§§ ﬂh ﬁlﬁe TC branch %other%v rds theencaj oft t udloframe 816
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characteristicsad théiqhaﬁéiﬁiahﬁﬁlﬁﬁhﬁmaﬁmﬁhd&tb&m%py ehtdedind:@s0h¢akesiaker the

characterlstlcg%,iefame@@tfr@c%a@s@am 330heWaby MeRlying dhadinpappedicatinn dempainigain values
350c in the f slomain sodel WG, R0k 0420 cgtégf%%l%wg L 330 gt olutions are
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equivalent and lea roce % e start wmdow scu with ref%rence to Fig
&1’1

4, Aud.o29.gnéﬁaéeﬁﬂ%éesfmﬁ%gq 180% et G shAR OGRS R 9k %ﬂél%un.f.ed
speech-and-semiimicodifagpadithced X MDBR paffosndébcinttinedsigivapbioin dhe witdialbieskaiised taking

reference to kigxid03 foshodrbox neiech Neealbatdmpapis £HRGiRNasHT actardngiadhedmvention the
TCX receive the spectrally shaped version 350e of the MDCT-transformed representation of the
audio content and to provide a quantized version 350g thereof. The TCX branch 350 also
25  comprises an entropy encoder 350h, which is configured to provide an entropy-encoded
(for example, arithmetically encoded) version of the quantized representation 350g as the

encoded excitation 342.

The ACELP branch comprises an LPC based filter 360a, which receives the LPC filter

30  coefficients 340b provided by the LP analysis 340a and the time domain representation
310°° of the audio content. The LPC based filter 360a takes over the same functionality as
the LPC based filter 260a and provides an excitation signal 360b, which is equivalent to
the excitation signal 260b. The ACELP branch 360 also comprises an ACELP encoder
360c, which is equivalent to the ACELP encoder 260c. The ACELP encoder 360¢ provides

35  an encoded excitation 342 for a portion of the andio content to be encoded using the
ACELP mode (which is a sub-mode of the linear prediction mode).



10 branch 350 and the frequency domain coder 330, 930 share almost all the same coding tools
(MDCT 330a, 350a; combiner 330e, 350d; quantization 330g, 350f; entropy coder 330i, 350h) and can
be considered as a single coder, as it is depicted in Fig. 10. Thus, embodiments according to the
present inveMtdESaIB#RHdr a more unified structure of the switched code PCUBRRIM/PE#d only two kinds
of codecs (frequency domain coder and time 15domain coder) can be delimited. Taking reference now
to Fig. 10, it can be seen that the audio signal encoder 1000 is configured to receive an input
representatign, 1010 of the au o conten d to pro de Moh th sis there encoded
representaﬂ% %%%gl%f&fﬁe au |ofucrgﬁlter?§ %fhe ?HP 8 re resén(%gtlc{)ﬁ g’fo he audio" content, which
is typically a friReCRHEISTEHRE SAR SRR, 98 ﬁ%ﬂi?‘fé H}wtmlf@?“i%bgoﬁ‘é“bé?ﬂéﬁ & k& dGdio content is
to be encodedadethietficyisen fiyst snhaiodsotfetlyr ImeaTEXiBtlommel bbthe Hre A istidn mode. The

MDCT 1030awnR¥ides adtesisticyndamaimniepiese Haiai 030zl the thpriso R epmsentation
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spectrally shaped frequency domain representa whic ized an encade resentation
is deS|glngate(§l Wﬁ Edgez%ﬁ}ﬁ %P%%B he%%ﬂr%blﬁgégrlfﬁg?)en%e % (% the entropy
encoder 10361%%%6&0%%% Sérias p&é@é‘%&hgieeﬂwpwwa'@énewéﬁéam gé%a’fthe TCX
sub-mode oftthesfimesr p¥aehctro parfonesB 51T depaudtiocsigmaltencodier #0080 quovitisedanhaCELP
sngntal ?rocg%%mmﬂ%&@@awmcmweﬁ@ﬁemea’m IR dﬁ@@@ﬁ@%@ﬁﬂé@éﬂﬁé@é@e&@& ﬁudlo
content an QVi an ilter
coefficient %Hj%f j %8 aPQn %f&%ag%é é? O@Qf Q%@?maf? ér?é%ﬁ% '% P sllﬁ'%al
processing p%ﬁfhféié%,%?ﬁ@ﬁ%‘é;?ﬁéﬂé&%%é‘?&&%&%}ﬁ&8 %ﬂ%ﬂﬁﬁ@@%ﬂﬁ?%@% ®d filter
1060a, whicl¥iredaivestiwandétdnndinie grestrmitod T8 1abithensopiceertimst @ltmmpbiles a
residual signangitzexeitatiensigoalkacel) thethardGE bR ehieode0H.0806, THeMIGEL R-ewgpaer provides
the encoded ggitalign o dian fedpasie:0idbiexcinlion el onEsiha Honali0RgR, The audio
signal encodgrﬁ% en lsg“%%f\%’g&f %[ﬁ%l:?m%} 8l nz;t{llaa%gﬁl){meé 1070 %1%/?#%1&% %(())nf ure%to receive the

time domain TEpresentation |0 content and'to prow T80T, the spectral
shapingthforfA3#8A e dé25dierthe’ BB C filter 10 coefficient filter information 1040b as well as an
encoded version of the side information required for decoding a current audio frame. Thus, the

common signahanakyzar kA 42 pEayidas dher sreetal §5@ﬂ&&at@@@%ﬁ@@z§k@%u§jrnﬂ@TCX
pSVChoaCOUS&%naﬂ%Jé’é' W dﬁéﬂ? S fr%@ﬁa%ee%%?sq%* Inthe frequenc d%‘%‘” mode,
ni

and prowdes an encode sca actor In ormatlo e current au rame IS nco ed)ln the
frequency 15*HBihSARIERSGRCoPRd &%‘f&éﬁd?%ro?ﬁéa%ﬁowméﬁ%%&u%ﬁ%@%@&é&%ﬁ%.ng is

providedshy th&€psehatecoustic analysis 1070a, and an encoded scale factor infoimation describing
the scale factors 1070b is included into the bitstream 1012 for an audio frame encoded in the

frequency domasi,{h%%gﬁe the above, one embodiment of the present invention consists of performing,
' in the context of unified speech and audio coding (USAC), the MDCT 350a of the TCX in

the time domain and applying the LPC-based filtering in the frequency domain (combiner

30 350d). The LPC analysis (for example, LP analysis 340a) is done as before (for example,

as in the audio signal encoder 200), and the coefficients (for example, the coefficients

340b) are still transmitted as usual (for example, in the form of encoded LPC filter

coefficients 344). However, the noise shaping is no more done by applying in the time

domain a filter but by applying a weighting in the frequency domain (which is performed,
35 for example, by the combiner 350d). The noise shaping in the frequency domain is
achieved by converting the LPC coefficients (for example, the LPC filter coefficients
340b) into the MDCT domain (which may be performed by the filter coefficients



20 For an audio frame encoded in the TCX sub-mode of the linear prediction mode, the common
signal analyzer 1070 derives the spectral shaping information 1040a using a linear prediction analysis
1070c. The linear prediction analysis 1070c results in a set of LPC filter coefficients, which are
transformed Y8 Epéfral representation by the linear prediction-to-MDET/BRIERAOTIA. Accordingly,
the spectral shaping information 1040a is 25 derived from the LPC filter coefficients provided by the LP
analysis 1070c as discussed above. Consequently, for an audio frame encoded in the transform-coded

excitation Sugam?q%gf% ingar-piedicion mod, tﬁgsd% DR SSaleaRAch LOTgRIovdes the

spectral shapln rmatlo 1040a on ’[h asl rediction anaIyS|s rather than on
the basis of fﬁ’é’ H5aco %Qﬁ&egﬁa}%@%‘éﬁ% 4 %‘f%‘iéﬂé‘%ﬁ%o encoded LPC filter
coefficient mformatlon rather than an encoded scale-factor information, for inclusion into the bitstream
1012. Moreo¥ér, foDenikudiartiantéediepantodeddnibie-AGE bPistibPT edeffifitaes linear- prediction
mode, the linear-prediction analysis 1070c of the common signal analyzer 1070 35 provides the LPC

filter coefficient informatian 1040b to the LPC-based filter 1060a,,0f nal processing
o % B 0N b rﬂg%ayl 980 he ACH % @ﬂﬁ

branch 106 is case, e comm nsigna rowdes an enco er coefficient

information fefSFidtedidiithhte ARETBRENE A %&%C weffMS/@m@aﬁéqf}é@fz@wmmﬁ%s To
summarize théndboyéteeasanee sigpahpidie ssigspaifls usE0Towihéofreqae he s domiawerhode and

for the TCX éHFllGBQQQ&f%'mM@ﬁ&H%M@? ﬂ%%%%mﬂﬁﬁt“%ﬁ%@%%@%&%fﬁ{e orin
comblnﬁélontgltl} %C-[l“ﬁ‘e ?h}%e dlrinensmn of the I\/&DCTd103l%a %ﬂg@ syoglé‘q%p%%(gence on the
e of

encoding mo &ver he]ess e fre ency omaln mode an

linear- predlcﬁﬁ‘ﬁlﬁc?déscﬁ]?@?"m‘lﬁéi én encoded scale-factor information is included into the bitstream
in the frequency-domain mode while an encoded LPC filter coefficient information is included into the
bitstrearn in theiligerrpseiciangnede TEX | rihe A RlPhsti-meste wfibedioasd-presiction. mode, an
ACELP-encadesk excitalion. and apserepded LEGllercesflientiniasatipndsinsludedipto the
bitstream. 5. Audlo Sign der Accarding to Fig. 11 155.1.The Decoder Overview In the following,
an aud@ggﬁéﬁ%&"gg@;ﬁﬁ ERI %{ﬁnw iich is capable of decoding the encoded representation of
an audio content provided by the audio signal encoder described above. 20 The audio signal decoder
1100 accordifg tadrigldibisi canitgfinechtopreingi ve thBE paaded efpiese risiooott ddadian audio

content and proVjgles.aR:the frsicikersalos. dﬁ?@%@rﬁ%&ﬁﬁﬁ?ﬁ%@fb&ﬂé@ﬁfﬁk@&ﬁﬂﬂ%%ﬂem The
audio signal encggleﬁlllo cogﬁr es %g o% %pea bltﬁg%a ﬁ fmtgjacilﬁeegfo matter 1120L¥vh|%h is
configured {0 TeceIve abiistteam 2 rlsm & encode representa lon 1116 oF the Audio content
and to Rtradtoffd- eﬂ&)’ﬂ‘é“&% @s%ﬁ@ﬁ&qtéﬁﬁ@%a%tﬁ%éh%wgﬁlﬂ i ST iorElY obtaining
an extracted%ﬁ@ﬂ#@@@éémmbn 1110’ of the audio content. The optional bitstream payload
deformatter 1120 may extract from the bitstream an encoded scale-factor information, an encoded

LPC filter cogfficientinimaiianansiadsiignal et ol a0 niaimation eoSIg Abeiapes Nt side

information. ,
interpolation for a TCX window.

25
The interpolated LPC coefficients are then weighted as is done in TCX (for details, see
reference [3]), for getting an appropriate noise shaping inline with psychoacoustic
consideration. The obtained interpolated and weighted LPC coefficients (also briefly
designated with lpc_coeffs) are finally converted to MDCT scale factors (also designated
30  as linear prediction mode gain values) using a method, a pseudo code of which is shown in
Figs. 5 and 6.

Fig. 5 shows a pseudo program code of a function “LPC2MDCT” for providing MDCT
scale factors (“mdet_scaleFactors™) on the basis of input LPC coefficients (“Ipc_coeffs™).
35 As can be seen, the function “LPC2MDCT” receives, as input variables, the LPC
coefficients “Ipc_coeffs”, an LPC order value “ipc_order” and window size values
sizel”. In a first step, entries of an array “InRealDatafi]” is filled with
a modulated version of the LPC coefficients, as shown at reference numeral 510. As can be

LI

“sizeR”, “size



The audio signal decoder 1100 also comprises a spectral value determinator 11130 which is
configured to obtain a plurality of sets 1132 of decoded spectral coefficients for a plurality of portions
(for example, overlapping or non-overlapping audio frames) of the audio 35 content. The sets of
decoded spatal daufieients may optionally be preprocessed using a pR&prEE&Ea649140, thereby
yielding preprocessed sets 1132’ of decoded spectral coefficients. WO
2011/042464PCT/EP2010/064917 34 The audio signal decoder 1100 also comprises a spectrum
processor 1150 configure apply a.spe shaping to a set 1132 of ded, spectral coefficients,
ortoa prepr%egéégg %Lsérggogr}?el%ﬁythgre%%%%eggéu%ﬁé%s ooﬁ é%geﬁadeZ%g%ﬁa eg?ﬁt%pr%lg?eﬂgn-domain
parameters 8PS IHSIT0r thePdBfo ¥aFfent (67 SStaih SRUSHCSIEER I ANE) Bh coaeRMdIear- 5
prediction mbBe€, exmtiiweapiycaapetiialnhdpneiibypsesE3erof detstedaspedintdicsoeffittents, or to a
preprocesseshyerdigiedllRd: theteohlin.gepandevieg pidisesetIpdbaksaalectastor parameters for a
portion af the audio content (for example, an audio frame) encoded in a frequency-domain mode.
Accordingly, the spectrum processor 11 o% ins spectrally. shaped sets 1158 of decoded spectral
coefficients. éﬁcﬁ%ngﬁd%%%ﬁsdgggaaﬁ? it ?aﬁg%s c%%rﬁ)ar%},se%agﬂregeﬁcerh% ?_(‘%ranlo |%r-?t81-1t$rﬁrel-domain
converter 116G Ot iRe desrpirEstonss sleetriRA dvaihe d Skt aoedickmife carBtiaigsectral
coefficients arith tocobipliex antithéataimaith (ep@sersiatiin-11-62n0f- tiveizadlio content on the basis of the
spectrally-shaped set 1158 of decoded spectral coefficients for a portion 15 of the audio content
encodeﬂ}in tg linear-prediction n](e))gefa'ls'peFerquerﬁ% main-totiqe-gom%iq crcl)nﬁlert%%mo is also

. 1BSe 'LIG}T; a  comy 1er (3} 1S & 184 WHETSL & V'S
configured to 0 A a mjgz-dorpaﬁn representation f)-’fr'the_a G content on the basis of a
respective sp%@%pé&%e@l@@@%@?%@cé‘ﬁ%cdﬂé‘fbg}ﬂﬁép&b%ﬁiﬁ]e?ﬁ%?%}ﬁ‘ﬁ&?tc}f%%e’audio

content encaedfimhe’freguknely-Hemairpirodest2lothe audigfsignal decodsl bl Obeammegpmprises an
optional time-dgipaiptecess LR Which TRlAR Paromisre dima-donpirmpgstpragessing of the

time-domain entati he j o in.th repr ign 1112 of
the audig cog%%e%%%%égv&e}\%,%%it ég é,rgée %%E%ﬁ%@tdgﬁ?? E}og%%%}g%{eéglsgorﬁ 181%%%?@% decoded

representatidFFRYFS Srtrlbel R EIHISHOMAY B FASHIESHE time-domain representation 1162 of the

audio content provided by the frequency-domain-to-timedomain converter 1160. 5.2Further Details 30
In the followigghdibetdataisied thidaTticatichodes 2 E0Qmitise, daschihed:; fhjctndeiadienay be
considered gs gpgoRaliMRLQVemgHisf haaudiaeigrabragedsl- It ahowdhee nalad thatdhe audio
signal decocier, 1100 5.2 mulfmotle audio signal decoder, 26 whigh is capgble f pangling an
encoded audio signal representation in whic s%sbsequent portions (for example overiapplng or

non-oveflapPieaRd tEa sy st theeHfirirst coresiibere BrcfeFIBRY ditreRsatiABHss. Hdhe
following, autiiv:fraegEmsiilhe considered as a '

It should be noted that the complex-valued modulation operation shown at reference
numeral 510 and the execution of a complex fast Fourier transform shown at reference

25  numeral 520 effectively constitute an odd discrete Fourier transform (ODFT). The odd
discrete Fourier transform has the following formula:

30
where N = gizeN, which is two times the size of the MDCT

In the above formula, LPC coefficients lpc_coeffsin] take the role of the transform input
35  function x(n). The output function Xg(k) is represented by the values “OutRealData[k]”
(real part) and “OutlmagDatafk]” (imaginary part).



simple example of a portion of the audio content. As the audio content is sub-divided into WO
2011/042464PCT/EP2010/064917 35 audio frames, it is particularly important to have smooth
transitions between decoded representations of subsequent (partially overlapping or non-overlapping)
audio frame¥&r8bHEd4¢t the same mode, and also between subsequenP{GVETRIbNE BY
non-overlapping) audio frames encoded in differen% odes. Preferably, the audio signal decoder 1100
5 handles audio signal representations in which subsequent audio frames are overlapping by

apprOX|mateJI¥159§éq e%/em thodgp %ﬁg),overlﬁgpl ;maéﬁP% %rgﬂc gnemr%!!%r in eﬁr‘;&esg%ges and/or for

some transitijons is reason S|gn 0 comprises an Q er configured to
10 overlap-arfysd %‘?ﬁ?‘é"&drﬁgﬁrﬁe %@ﬁfﬁﬁsﬂmgabmm%{ﬁoqﬁﬁwglméﬂéd iff different of
the modes. Thetbrevippermitaly, for trarmpid, besprdet bF thEFaqvertipidem Sireuidird o dhsain
converter 116G@©r n%ay)bst aneanged sdthie Dipotiaidheiireqyeroyrddmainicotittedondaitheonverter
1160. Insordsg égdg%qiggmgpnqﬁlg ngy and good quality when overlapping subsequent audio frames,
the frequency-domain-to-time-to-domain converter 15 is configured to obtain a time-domain
representation of an audlo frame encoded in the Ilnear prediction mode (for example, in the
transform-codiédReads sarsrdspha adademingme, 9164 R1aBPBE transform, and to also obtain a
time-domain- representatlon of an audlo frame encoded in the frequency-domain mode using a lapped
transform. Infihis,Gagkyithe.oyarlaprekis reiavied daQuedanibsime dama igmaseatations of the
subseqﬁent EO audio frames encoded In d ferent of the modes. By using such synthesis lapped
transforms for the frequency-domain-to-time-domain conversions, which may preferably be of the
same transform type for audio frames encoded in different of the modes, a critical sampling can be
used and théigvérsbasscaused byitigevdvell ap patdand dyerasivitcisdnifireideniainfitbguerane time, there
is a time dorgajif.aliasing GaResilatiRn belween drAxellapping pABieNS of i@ wing which is

ime-domain eprERa IAIANRALiE, HOReAHeNl A g Ml DA uAAKGS dhalhgdpossibiliy to

have a time-dom smg cance atlon at the transiti etween subsequent audio framées encoded
in differbht mdﬂﬁgg’% fact that a frequency-domain-to-time-domain conversion is applied
in the same domain in dlfferent modes, such that an output of a synthesis lapped transform performed
on a 30 specleity: shRpedsatofidEgnded Spesitib doeil Giehts atadithahdibtcframey eeaded in a first
of the modes,£ap hg diresiv.eampingd#&wsembined without an intermediate filtering operation) with
an output of a lapped transform performed on a spectrally-shaped set of decoded spectral coefficients
of a subsequent audio frame encoded in a second of the modes. Thus, a linear combination of the
output 8Pthe ThpepMhdisiigRa foHhethieh areters hAdihHderkaned i Be RREPHBEE NG of the
output of thedappesidrahsfvimefodsi audio framenendoneihimede sevamtdwEdhsingodwirdperformed.

Naturally, anappreRertg %@«i@ﬁ&éﬁl%6%@@1‘@&@@1%\9’9rfﬂﬁmﬁdra&zﬁﬂﬂ\@fkmezﬂaﬁﬁ@@eﬁaﬂﬁ@rm process
or subseque %{L {]?)% L"f‘ %a J%rmow ﬁ??xdé@@%?x% g@%@%gCTlEPZOlO/OMQl? 36
tal

Accordingly, a time- do ain aliasing cance atlon IS O y the mere overlap-and-add operation
between time-domain representations of subsequent audio frames encoded in different of the modes.
5 In oth&¥ wokdghiit isudip Sraare 1Rat theidheiqraneged omiin-tosameriérieinreedvésterindetdrovides
time-domain M@lat mighaizedifioh arsiiwhelcamedomainctoning efthe: lefdasedThmbapithat the
output signalg of 54&%%&9&5 Homaindadimesdemaln.Fonyssion a(@fo%gm?de@emm transform
in combinatio W|t gésom ted Ir Sitio §v %\ |ng |sée in the same omain. for d{{ferent modes
means that oSt Sith gl é“f?é j} CORVETSoN Are ireatfy ombinable
even at a traﬁ@ﬁﬂ@n"ﬁﬁb%@@rﬁdﬂéﬁbﬁ‘mﬁ@d d; 3&@‘@5@&?\&@“&?@%&%?@&%&%@%éransm(m
frequensy-daosivpin7Biktime dlamminaieielsignighe dixth timetdoriaje FEPresentations of an audio
content describing a temporal evolution of a speaker signal. In other words, the time-domain
representatlo%1162 of.the 15fr%ud{g ntents of subse r{? di i0 frame .can he (d‘omm%nly

ansitionin )31l eqUENCY, aopjain moge cti 11 1T
processed In or(fer{o erive espea I ngls oreover Ou?aaf) note tha%J ﬁe spectrum

processor 1155watoadisymies ‘b%%?@ o frame 716 and the thlrd audio frame 722, an extra set
of LPC coefficients (also designated as “LPC0”) is conventionally sent for securing a

35 proper transition to the linear prediction domain coding mode.

However, and embodiment according the invention creates an audio encoder having a new
type of start window for the transition between the frequency domain mode and the linear



provider 1156, which is configured to provide the set 1152 of linear-prediction domain 20 parameters
and the set 1154 of scale factor parameters on the basis of the information extracted from the
bitstream 1110, for example, on the basis of an encoded scale factor information and an encoded LPC
filter parameYe? fitddfibn. The parameter provider 1156 may, for exanf$I&FEaniitd&1an LPC filter
coefficient determinator configured to obtain deco LPC filter coefficients on the basis of an
encoded representation of the 25 LPC filter coefficients for a portion of the audio content encoded in
the linear- predl tion mod arameter provider 115 ay com a filt coefficient
R e S S R L g e -
in order to oBtATPHAYES- b?‘é‘@lgffb?’? rfﬁﬂi’ gaRR VAR aﬁaﬁﬁ%ﬁl?ﬁﬁﬁddﬁfg%ﬁf:%&ﬁ%ﬁlelr'B%’nThe

linear- pred|ctm|d€m3@e“@a1mW@@S”(gbﬁ@@ﬁﬁésea%wﬂ@@@ﬂﬁfédlmm}ﬁlﬁﬁm@ﬁ%ﬁl% a set 1152
of linear-predictionyieeosid patametess. Jiseiparamieied nisuidar likad meidisthdssemptiae a scale
factor deferminaiqr, ‘é?é‘“&iﬁf&%&?n%ﬁ&%%%ﬁ%%%?'ﬁ»ﬁ%%@! M@éﬂ%&&?sﬂﬁ%%ﬁ ap gpgoded

representation of the sca fac values for % een de / t?ﬁefri?&uencgddomaln mode.

The decoded™35: Sﬁl §)af‘ e%r%séﬁ}"éleﬁ?é’ as d %X% scale ctor param%ter 1o
2011/04246@3511;9@0@@6%@1? @?Of@ﬁ%f’é%w@éﬂﬁ%ﬁéq’mé‘éﬁ%’é&ﬂ%@?ﬂrﬁ@&éﬁ%{f H9BFeprocessed
version 11328 1Rieréhé, sagtindhediinciespr Sdcirommondetbigalie liabae précinkiitutind:. thesedibgh? of

linear-prediciipp: da@mainpRIGMEIRT abidRAFde P 1RbIRIRR daifoRrarR IRy Aieenastralymshaped)

verS|on 158 oft e decoded spectral coefficients in hlc% ntributions fthed coded 5
spectra coeﬁi?én gnets ﬁ%ﬁ 5P ng H rée;- ro%::legsse jlverés 1 qerﬁéo pg%e wee‘ rf:fer((ﬁlak[am(ﬁlependence

on the Ilnear‘ﬁl%%iﬂlmgd@h@altﬁ ggﬂ%c?ﬁfgﬂ‘&ﬁ%n""% S3Eebesn ﬁ%ﬁ'ﬂi’ﬁ’é‘?‘i’rﬁ& Be ¥sfdured to
combine a setdib3Znt décodedhspepiittoctiicicnteeassdointadars! aned udikpértily shagmdbe in the

frequency-damaimmediecRha presRIQrspardvwBIsion 1akdherreb wilh dbeaseaiphackemealues (which
constitute th%fscgg 1124 QJ §g1;&|e factor 10 parameters) in order to obtain a scale-factor-processed (i.e.

spectrally-shaped) version 1158 of the decoded spectral coefficients 1132 in which contributions of the
decoded’spectral coefficients 1132, or of the pre-processed version 1132’ thereof, are weighted in

dependence trithe sedie frasesr Wu’@s"(iﬁﬂ?@ééﬁi%t& ofisdeie $aétdﬁ%§alﬁaﬁ1é‘ﬂé¥§)?ah&d}ﬂﬁingly, a first
type of spectsahshaping, dasntdyda sgeetralishalping dadite femersee dn antbdsdt ikl 82 ofincar

linear- predlCB%féﬁ&ﬂ%@@@ﬁi@ﬁ%ﬁ,atmeﬁf%@%dgqstnﬁrlwmfﬁﬂgcmﬁnweas@n%a%ond type of
spectral- shapl ﬁrﬂe%eﬁ %citr% S‘Qfar%n‘g J@diependence on a set 1154 of scale factor parameters,

is performed |n uéency-domain mo onsequently, a detrimental impact of the quantization
noise oA%he time- -domainrepresentation 1162 is kept small both for speech-like audio frames (in which
the spectral- 2t shaping iegpréfedatithpefoentedenidepé ridenseton dhesierd 182 of fransition

linear-predictighrdanmainpasamaierantifarigenai@laudio fon@xamnphen Mo Rsneeshslikesaudio
frames for whigh tha s rPe%Haé%SJ{?ap 9 IS &r?ée.&@-ﬁ"é( ReHerped inygap ?deﬁg&fe&hﬁls&%lﬁ% Of scale

factor parameters. However rforming the noise-shaping usin espectra shaping both for

pecch lie FECHITABREHAIRE RSREHAMASH B HOT: 17 SR RAIEE HECACR PRI
linear- p?éd|cﬁmnd(ﬁ§élarﬁ@1f@rSéédmmw@dédhmlm@#r@q@éﬁ@ymalﬁn&wewm@muIti-mode
audio decoden $16Q gamptises audmwfeanapiexityiailyciicedaddbaiihkasansespeorailibusHorian

aliasing- Can?ﬂfﬁﬁrﬁ&?ﬂ?ﬁl@% AAd9 e M quﬁgﬂtﬁ%pﬁ&épezs@mg«n%%@as@még@sﬁﬁsmaes encoded
in different of the, modes BOOégegdetalls ill cuss;i(gelow 6.Audjo %gnal Degoder According
to Fig, 12 FIGE L3 SHBI AR SR DGt e s e WA
35 further eniBeRrHERE 6f WY OSHBIE. FRyTERIEHBS langnTied-sinss isaugition slope 812b and
unified-gpeechanstaiiiimdiodiang {8 SAG) de cideanaitinadditicio mreodeietPC filter coefiicients
excitation-mogified:disgraierpsine-tRpaiommuld GraMDGd)iithe YoBLEOmAN . values. This

distinguishes the transition of Fig. 8 from the transition of Fig. 7, where extra LPC

coefficients (LPCO) are transmitied in addition to scale factor values. Consequently, the

transition between the second audio frame 816 and the third audio frame 822 can be

35  performed with good guality without transmitting additional extra data like, for example,

the LPCO coefficients transmitted in the case of Fig. 7. Thus, the information which is

required for initializing the linear predictive domain codec used in the third andio frame

822 is available without transmitting extra information.



WO 2011/042464PCT/EP2010/064917 38 The audio signal decoder 1200 according to Fig. 12
comprises a bitstream demultiplexer 1210, which may take the function of the bitstrearn payload
deformatter 1120. The bitstream demultiplexer 1210 extracts from a bitstream representing an audio
content an eWéb#dH¥fresentation of the audio content, which may conmipfiEEFeHAEEEY Spectral values
and additional information (for example, an encodeg, scale-factor information and an encoded LPC
filter parameter information). The audio signal decoder 1200 also comprises switches 1216, 1218,
which are configured to distribute components of the encoded representation of the audio content
provided by 10 the bitstream demultiplexer to different component processing. blocks of the audio
signal decode? T5BBeEE: é&%ﬁ@?‘fﬁ&‘ﬁﬂ ST YRR SHEFTS0E ddfn il R0 RIBHEP™
frequency-dsmainriederPCowsti3 rrodsbraddiCirae! nhichshemaasthahiiitke swismtiamb an
encoded fregugpGicinmnaimkepresenhniancliy 26 andrpsRyidestensditobasind g ofie tie-domain
representatign.1232.0f s, audio senisily Thenaudin NeRrlAoeedalala09dRalne &é@%@@s an

i

ACELP decod%ﬁlmct), @‘1%?2 is confi urg}d It,% ceiv grom thee?v%/lt%h 1216asa 'SAECE ot coded
excitation informaton 1 Mo’ f(c‘rimﬁPoeVi g, "onthe’ asfﬁﬁ%r%% 8 IS dofRaR rrelpresenfg’tion 1242 of

the audio coRténthiheastidis afgRaYHeedsiers 266 aldd domishaety dpareietenreviaar 1£2%0, which is
20 configured portecenfeh ohirdredivifcint Z23)anre nedigde SehleifactorcimfpuizdtiohCL254¥dr an audio
frame encodggiin faefreaueReyEanan Hads antkaa.encared kRE filter coefficient information 1256
for an allbdio frame encoded in the linear-prediction mode, which comprises the TCX sub-mode and the
ACELP sub-mode. The parameter provider 1260 is further configured to receive control information
1258 from th&SsiRRaEE dherAReys FigamEtepoiieioroebas wdhgl ierd pratrdeaency
spectral-shagingrinfondeativhitR6R4dy thesewnbined:fistwdnichtd ontdlivinmd del T@8les UPhetle branch
1230. In addifiemdie paragngiewpvcieshl 266 is eepliciseddadanoviderad B Gridieneaptiisient
information 104,19 the AGEL B decoder,1240- 3 Fhe samigined frequency domain mode/TCX
sub-mode branch 1230 may comprise an entropy decoder 1230a, which receives the encoded
frequen]ci/ domain information 1228 and provides, on the basis thereof, a decoded frequency domain
information 1230b, which is fed to an inverse quantizer 1230c. The inverse quantizer 1230c provides,
on the basis af the dedpdéchitequetic\ndordain infgtation 1230b, a decoded and inversely quantized
35 frequency domain information 1230d, for example, in the form of sets of decoded spectral

coefficients. iner. 1230e is.configured to ¢ ing the,decod d inversely. gyantized
froauency ddhR o an T4 i e B R e e
spectrafl§-shiBisd tredaeint jodBmsmemrEinTenerPi iR Vet sefirryce to Fig. 8. The audio
2011/04246 4250 e1206469/062 8dct 1@ prodifis F diseratendsirie hansformidn 2304 receidiag the spectrally

shaped frequapcy damprRiminfarmationm230faadprevides assthexkasisithameficthadimendomain

representatiqn, 4234, ohhe.aydie.copnt, 7T csp%%axsdﬁfaogi%fgaﬁ%?ﬁ Beomygiss gueizer 1200c
q

and the inverse modified djscrete cosine transfoim 1230g ma
information, \ﬁﬂﬁ?&ﬂl?ﬁéi/%‘éi%telg&%si‘fﬁﬁ@‘b? W@ﬁ}‘ﬁh&sl@g‘ﬂ]&/@% We bitstream by the parameter

provide£E1260. The parameter provider 1260 comprises a scale factor decoder 1260a, which receives
the 10 encodrdvasate factardinfcimmaliencd2a4sandpenvitesi adecogersaale factardinfargaation 1260b.

The parametg( Brayiggy 1400 #lSQ GAMRLSA® A0 RGEQEIICIA-HaE 8L 12R0CbIGh; 3 igonfigured to
receive the encqded LP?f ter co A{gglen}.lnform ion 1256 and to pr V|de3, n%he asis thereof, a
5 i g T

decoded LPCHAter Codth&istt I rmat%nl.ri%é’aﬁ_ O AP e BB trahEr 6be™ so, the LPC
coefficient dedgBisg1 Beois gyiaesetfe Wiich 135 Bty wseiivkinh itlomsdacket2ades tre eELP
decodepl 24cidre Titer wabéfitient tradistammianbat Gan s-alonfigife dotcéramatono IBecLBCGHiter
coefficients 1g@0einip e fMraaurngedemaniizadesonaiedaspeciial damainband 1o
subsequentlyﬁ(ggrlg/%jég%r gre%gu%gomeq:d%ga}ln vgllue_s 1260f from the LPC filter coefficients 1260d.
Also, the param&er prowc‘fer _6 5 c%n?fgufeé‘% gélectively provide, for example using a switch
201260g, the decoded scale factors 1260b or the linear prediction mode gain values 1260f as

1. Frequency domain mode: the time domain representation of the audio content is

35 transformed into the frequency domain using the MDCT 330a and 2 spectral shaping is
applied to the frequency domain representation 330b of the audio content in dependence
on the scale factors 330d. A quantized and encoded version 332 of the spectrally shaped
frequency domain representation 330f and an encoded scale factor information 334 is



the spectral shaping information 1262. It should be noted here that the audio signal encoder 1200
according to Fig. 12 may be supplemented by a number of additional preprocessing steps and
post-processing steps 25circuited between the stages. The preprocessing steps and post-processing
steps may b&#iffdddHefet different of the modes.  Some details will be ESBRBBHIH#IRE following.
307.Signal flow according to Fig. 13 In the following, a possible signal flow will be described taking
reference to Fig. 13. The signal flow 1300 according to Fig. 13 may occur in the audio signal decoder

1200 according 0 Eiey 1. 35 WOZMUAMPCTIFR2010A05494T 40 alsiplieiignever.

decoding in the ACELP sub-mode of e linear prediction mode may be-done as scussed with
reference to Fig- %2 The common frequency domain mode/TCX sub-mode branch 1230 receives the
encoded 5 frequency domain infoimation 1228. The encoded frequency domain information 1228 may
comprise so-rdlledaaniedigicathodadedispeetiapaaiatiac nspecBC data costiickmass 0racted from a

;requenqy g0m%ﬁ%ﬁﬁﬁ%%?%?ﬁg@ﬂ%ﬁ@@ﬂ&‘a%@%ﬂ% alr!{? Eg%%g%%%%ﬂ%@@&@-&&%mﬁhﬁ ehncoded
requency domain informa ri calle codin which may
be extracted from & Fﬁtr)ear éogé) cfidn maln 188 cﬁ’éﬁn%legtrlesa%t rﬁng (ghagrr% M{rgagq)ielfn the TCX
sub-mode. An &AtEEIFHE daingersadiag iy Hagerfdhnsadsy ﬂ#@@ﬁ%@ﬂ%@o@&%smab%r
example, the enttopffikeosdifbe 183830dethay detherfddtheddi shegeancdethiidicfdecodertitiecordingly,

quantized special,GRfHicieniss hoh-AUaR! iR 8iRRtAINGE o fetyensy-damai anardadaudio
frames, dend qua éich TCX mode spectral coefficients "x_tcx_quant” are obtained for audio frames 15

encoded’in the T&X mode. he guantized frequency domain mode spectral coefficients and the
quantized TCX mode spectral coefficients may be integer numbers in some embodiments. The
entropy deccdingrenasncior éxasiplengdintiyidhecbiie giidepscotélsiundelaspé chisicbebifbipms:in a
context-sensitivginaitively, Moreayes, fiesiiknheaef bifsHetieditaensote aroesiaio speetsal
coefficient mayﬁ‘é‘c[é(e{(&?%BSHQP@&&P@ﬁé‘%@a@@é@%@L&h&%ﬂég‘é&%%%?if@%ﬁt%éUlﬁ{%atpat more
codeword bits are (luw for encodi ﬁ a?}%ec”a C éf;{;le t avwgi%ta gﬁé’ %\
aonitide. SuRSEH RGBT E Aok e B RO R P R hode
spectral coefficiEibe Anepetingdy gu gnuEsIras R wééﬁapﬁéé?fﬁ%ﬁ&t%ﬁﬁé@@ﬁ%?ﬁed, for
example using fheyinreysaoghamtizprei@3bonT 138 (fivel shequadiiz atoreinay hectiesdribed khethe
following formulisiream, wherein the spectrally shaped frequency domain representation 330f is
spectrally shaped in accordance with the linear prediction domain gain values 350c
20 provided by the linear prediction domain coder 340. In addition, an encoded LPC filter
coefficient information 344 is inctuded into the bitstream for such an audio frame.

By using the above-described third mode, it is possible to achieve the transition which has
been described with reference to Fig. 8 for the second audio frame 816. It shouid be noted
25  here that the encoding of an audio frame using the frequency domain encoder 930 with a
spectral shaping in dependence on the linear prediction domain gain values is equivalent to
the encoding of the audio frame 816 using a linear prediction domain coder if the
dimension of the MDCT used by the frequency domain coder 930 corresponds to the
dimension of the MDCT used by the TCX branch 350, and if the quantization 330g used
30 by the frequency domain coder 930 corresponds to the quantization 350f used by the TCX
branch 350 and if the entropy encoding 330e used by the frequency domain coder
corresponds with the entropy coding 350h used in the TCX branch. In other words, the
encoding of the audio frame 816 can either be done by adapting the TCX branch 350, such
that the MDCT 350g takes over the characteristics of the MDCT 330a, and such that the
35  quantization 350f takes over the characteristics of the quantization 330e and such that the
entropy encoding 350h takes over the characteristics of the entropy encoding 3301, or by
applying the linear predication domain gain values 350c in the frequency domain coder



4 x_invquant = Sign(x_quant),Ix_quant17 30 Accordingly, inversely quantized frequency domain mode
spectral coefficients ("x_ac_inyquant") are obtained for audio frames encoded in the frequency domain
mode, and inversely quantized TCX mode spectral coefficients ("x_tcx_invquant™) are obtained for
audio frame3*¢h¥B#8#4ithe TCX sub-mode. WO 2011/042464PCT/EPROIBIISHIEPAN In the
following, the processing in the frequency domain mpde will be summarized. In the frequency domain
mode, a noise filling 1340 is optionally applied to the inversely quantized frequency domain mode

spectral coefficients,. t tain a noise-filled version 1342 of the inversely guantized frequency domain
mode spectr% c'o% Sc%igﬁ%%%%é] B} '}ﬁfaeg_ﬁ?\%%gﬁt%.#l\lee%??sssénaﬁiﬁg %%( tﬁg%&g%%ﬁﬁ(? !\ig?sion 1342
of the inversSK HESATALY HEFRENR FdBrAain mode spectral coefficients may be performed, wherein
the scaling is designated with 1344. In the scaling, scale factor parameters (also briefly designated as
scale factorsdor sfigiisivlyiaisl appliediaadhle thEinversely quantized frequency domain mode
spectral goefficients 1342 ("x_ac_invquant"). For example, 10 different scale factors may be

associated tg spectral coefficients of different fr. C nds%re ency ranges or, actor
pamde). AcoteE I RR B R Lo [ BB AP e M08 TR R b Sesonated
scale factorsN6Ht&fERRSI e cigmrt demrir i Pedescrieddehimsgefancminfitetlrably be
performed as described in International Standard ISO/IEC 14496-3, subpart 4, sub-clauses 4.6.2 and

4 6.3 The 15;scaing %@%@@Hsi@&ﬁ%ﬁ%@&rﬂ%ﬁﬁﬁ@@&é&@ﬁ@%&%qm&l&?% ﬁ@gorQingly, a
scaled i%nd ons ntl spe trallé/ shadped versio %34936% res%?l" o{ thgegggn%cgomam mode
spectra coe%fgfécn SIS (Sﬂg/f!alneecfl,'e\ﬂ}h|][(1:?1"'m§'31131/1 e 3?:]ue|{/a entto t_ﬁlé fre ﬁleorsmy domaim reepresngntation
1930, SubsAeRIe DS CoiBirnash SFRPIRE/SIE o SIS ARt 346 HBIAY TR shaping
processing 1380, #éhpptid mat\bbepsiforedets ansthgldasier2@soft thedspaled ireiSpn .3%8usf the
frequency domaistiness snpedial coehicientn: ekl ARISIRWeRS.MVRIB M IR oIHbe scaled
frequency d%ﬂ?ﬂé@%ﬁ&%ﬁ%@'&Rg@&@%&%ﬁ%ﬂ%&%@?g@é@ﬁ@qﬁ&é&cgﬁﬂp%%ﬁemay’ for
edin| 5,In n

example, be performed as descrile O/IEC 14496-3: 20 ormation technology-coding of
audio-v(fssual Yoj{ie °9§e§tc§‘5‘ehﬁgﬁ%?’§t‘fﬂpart 4, sub-clause 4.6.8.1. The optional temporal noise
shaping may be 25 performed as described in ISO/IBC 14496-3: 2005, information technology-coding
of audio-visuahkibjeetterapagt divAudifigsubpitriedn subsalauset 4. AuBuhsaaentdydanilitneise modified
discrete COS'B&H@E@M&WJ&% mayhe ﬁ%@&éﬁo@@(ﬁ%@%!%ﬁ%&ﬁéﬁt%ﬁ% Eﬁﬂ%@é}%ﬁ'doma'”
mode spectral1 cqieff.lu nts qr to the cp%‘s&- 30 roces sed VEf5i0 %1952 thereof, C(%n guently, atime

. & a%ls %ﬁ;}g{%r ?1% enco cf TS esezt'x ?nim 1 of THe ‘audio content. mqu .
domain representation of the audio content of the currently processed audio frame is obtained,
The tim&PdorfrasYepFEeRi espiorenterisighiabelt Wically 4. iaeAAemalATRTG S8 8tAption, it can
be assumed ihattiiete s dviBEMéBomHin reprasenfatfiorandiy ventanidie frahsecidodedviar tim some
cases, in whigbgmubiplpwindess: (erexaurieusencalied dehprtwindawsoh Me@Sassagiatad with a

single audio ff, , ay b li Aime. i r ati i0 frame. WO
201110424608 ERSOL] oé&%?%‘g&%ﬁ R T domain
i

, awindowing 1358 Is a
representatiorﬁpf?ﬁg@fafboﬂl}@iﬁj WBti @ﬁaﬁfﬁﬁ%ﬁ?s%ﬁéﬁ%ﬁ%e RS @RS designated
with z, A5 Acdéfingihih aosaviptid dresucheXvieRitheaRrescoREaniABD pethapditrdt shipingne
windowed timelgemeinreny asesitationpkagillis ehipiledepesaudiniramenensegacdn hebifrequency
domain mOd?cpresentation 1030b. The spectrally shaped representation 1030f is quantized using a

quantizer 1030g, to obtain a guantized version 1030h thereof, and the quantized version
1030h is sent to an entropy coder {for example, arithmetic encoder) 1030i. The entropy
30  coder 10301 provides a quantized and entropy coded representation of the spectrally shaped
frequency domain representation 1030f, which quantized an encoded representation is
designated with 1032. The MDCT 1030a, the combiner 1030e, the quantizer 1030g and the
entropy encoder 10301 form a common signal processing path for the frequency domain
mode and the TCX sub-mode of the linear prediction mode.
35 _
The audio signal encoder 1000 comprises an ACELP signal processing path 1060, which
also receives the time domain representation 1010 of the andic content and which provides,
on the basis thereof, an encoded excitation 1062 using an LPC filter coefficient



7.2, Processing for audio frame encoded in the TCX mode In the following, the processing will be
described for an audio frame encoded entirely or 10 partly in the TCX mode. Regarding this issue, it
should be noted that an audio frame may be divided into a plurality of, for example, four sub-frames,
which can b&&7gatee4ft different sub-modes of the linear prediction mobET/EBN&EGHIE, the
sub-frames of an audio frame can selectively be engpded in the TCX sub-mode of the linear prediction
mode or in the ACELP sub-mode of the linear predicCtion mode. Accordingly, each of the sub-frames
15 can be encpded. suc t an opti coding efficiency ptimal tradeoff between audio quality
and bitrate ién(f%?giaﬁle?él. @(%’Xiﬂrﬁrfggﬁaﬁéigﬁnaﬁ%rﬂg%n % %296%%%%:%%&?@%%53%%&%%uded in the
* bitstream foﬁ”&ﬁ‘%@@%n@"é‘ﬁ%ﬁe@ﬁﬂ“ﬁ%% AR niBERD e fR bR B Wi IR sub-frames
of said audicdrassmatweheblietithe tidiT Cottsubandoptevadhs wiish vl siendoded ditatie AGEL P
sub-mode, Hosey & tileAOBIcPhe cddnatabdhabsheqREBeRteRngeptitaniie-HisiRS RO MRSt easily if it
is assumed thabthe tg@%@&rmi&gg&p&pﬁ%ﬁ%@ gg&sgpgggaﬂbgog;her cases, in which an audio

frame comprises both TCX sub-frames should be considered as an optional extension of said concept.
Assuming now that the entire frame is encoded in the TCX mode, it can be seen that a 25 noise filling
1370 is applitetaudiverisan) gueaderdA0PCieticupEpsclr sPRGETIEIERES aBR0E! WhTehvarshaiso
designated asrifjgart]]to AegovditigltimadisefillechastabiiéX Mo0def she cirdiocoeffisientd 1372, which
is also desigpaiadagnriile isRbiRlAGH: Headdilion RasRiE HRARRERI MRS AN E3HHiS applied to
the noige flllect(zl)e gt.%flT X mn?de gperclztfgl %eﬁ'%eﬁtg %gethgﬁ(@t%;[grlq a sg%cgru&g-%-shapend set 1376
of TCX modé spé%:ltra E(l)eﬂll‘glleﬁ S, Wﬁilc IS also 5e5|gﬁa ed as 'srﬁp'.ﬂ u sselqulen Y, Eéllgpectral
shaping 1375 iRt dAedramar e eps WS HERSy TP ribintetmrachEdanely i 1070
linear-predictionitemgia geinryiatbgsnghidhrenaice 06k fromgenpodédakituste Hielynts dFderibing a filter
response of ﬁ;&i&%@én? fﬁiﬂi_ﬁli@ﬂxﬁ‘@@én&ébﬁ’e@) filtede The GRes@LshaNId 34% mayiaeexample be
performed uging jhe &%@%Q?J:%ﬁ%@ér&% a8 eé?&étﬁ%ﬁsqssggc%§§@ i e flmgde spectral
SO rtf . CT 138

coefficients, esignated wit " Is ohtained. Subsequently, an inverse MD is
performed oA e B RRIeT #H8 ASRIEFR S e 980 "?%3@ %aeta%‘pé]ﬁr%?e%@lffﬁﬁ%@’ t5 obtain a
time domain pepiése ratisnrigdwaoastiannaliors didPratndign srwdebshaimbyende@agdiothe TCX
mode. Subsegieiiyy sheesanlifgid3SHRNIQnAHEDHIA 64PGEHERR QD01 Goda] 1dd dpplied to the

time domain fepiesentaliandadtCidiamader a sub-frame) encoded in the TCX mode, to obtain a
resealed time domain representation 1388 of the frame (or sub-frame) encoded in the TCX mode,

wherein the resealed time domain representation is also designated with "x,[i]". It should be noted that
the res@8ling 21386 Rt icams sAcedehis Seailtgloruhimnde gbiaiNILESHrERamRdendsded in the
TCX mode otwiusob-fignaé srdpaed 7théeli@X thodecdtetcidingdy itfemesealinbil386itypically does

not bring along.a-fieauensy shatpstionpecanseitcs neldiammentyyseleotive rauhsesuent terthe

resealing 13 indowj i ' led ti i repre tion 1388 of a
frame (or a s%%—cali_rg?n%)ngfgggéﬁmgp%%%gg%éﬁg%ﬁ@#}%ﬁ%gv%e . tlﬁoﬂgiﬁag;rt? %%%%ples 1392
(also designa¥&aichian19-MPohdrl (idkr: raprdiaghs the SO OrRing BEAFRares (8F% ddib-frame)
encodedbin tideriFaXirnudés 1.8 Ohbekagpeliidiends proidsking the Themiinasdbiférasepsessedations
1360, 1392 ofrawequesssaftfiaroesnrado fbinedndsing an myeramand.add Riesassing.8394. In the
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processing 1894, exanif subgralientAHdip frames are encoded in different modes (for example, in the
frequency domain mode and in the TCX mode) due to the 25 specific structure of the audio decoder,
which avoids any distorting processing between the output of the inverse MDCT 1954 and the -
overlap-and-¥6IS9T6Ee &8y 12390 Sina1sd Betimsadeth & i diGFlRestvirde bty lings-and the
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provides an encoded LPC filter coefficient information for inclusion into the bitstream

1012,



emphasis filtering and a de-emphasizing operation). 8.Details regarding the MDCT based TCX 8.1.
MDCT based TCX-tool description 35 When the core mode is a linear prediction mode (which is
indicated by the fact the bitstream variable "core_mode" is equal to one) and when one or more of the
three TCX nt¥8&81#8#2d%bmple, out of a first TCX mode for providing a TREXBAHEAYP 512 samples,
WO 2011/042464PCT/EP2010/064917 44 including,256 samples of overlap, a second TCX mode for
providing 768 time domain samples, including 256 overlap samples, and a third TCX mode for
providing 1280 TCX samples, including 256 overlap samples) is selected as the "linear prediction
domain” codjng, i.e. if pne of the four array entries of "mod[x]" is greater than zero (wherein four 5
array entnesﬁ%ﬁ%}‘% 8 2RoSBI1e Bt%%ﬁ%%?&%%@&% 5 Bidron e Sraise i9aificate the
LPC sub-mouedsandolor un TR ofdrecdihrelincuarsdietine iedeindivereewitetvindosdbaframe is
encoded in thepAédFHcRaUG-INadmbinttiodinedy headiDitnambde ombaHiien IKE s MpuYdeaddhe linear
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the sub-frama
mode, the TE0BBtiRNSdeclrdrs M Ep @éﬁ@&mm@%@ém%é%ﬁw gulera ewetitdients from
an arithmetid.@€chitier fndfitdiamaifoenisied ie inybliéadeintdhdcebiropymldsatielib2dtaalidhenentropy
decoding 133Qa). The quantized coefficients (or an inversely quantized version 15 1230b thereof) are
first completed by a comfort noise (which may be performed by the noise filling operation 1370). LPC
based frequency-domain noise shaping is then applied to the resultln spectral coeff|C|ents (for
example, usitigRR ESTHBifErTosDEE B dredisuctistion dpide Spétatidn aelefaitaion and
spectral-de-shapeddediskshithiercoffficinot afdnvatse iMbgTdahmsfchnbitisredmhich may be
implemented by the MDCT 12309 or by the 20 inverse MDCT operation 1382) is performed to get the
time domain §ynth?§ﬁﬁ;§'%%ﬂ%%c&é@%&@ﬁﬁﬁgtlgé gefinitions In the following, some definitions will
be given, 2571g"d a pumber of quantized Spectral coefficients output by the arithmetic
decoder{for Exampid tragato-trame encoded in the linear prediction mode). The bitstream
variable "noise factor" de5|gnates a noise level quantization index. 30 The variable "noise level"
designates ditetrel olinaise, ineataid ikdhne decatstrlited dpedtrednwhich is capable of decoding

the encoded representation of an audio content provided by the audio signal encoder

described above.
20
The audio signal decoder 1100 according to Fig. 11 is configured to receive the encoded
representation 1110 of an audio content and provides, on the basis thereof, a decoded
representation 1112 of the audio content. The audio signal encoder 1110 comprises an
optional bitstream payload deformatter 1120 which is configured to receive a bitstream
25  comprising the encoded representation 1110 of the audio content and to extract the
encoded representation of the audio content from said bitstream, thereby obtaining an
extracted encoded representation 1110° of the audio content. The optional bitstream
payload deformatter 1120 may extract from the bifstream an encoded scale-factor
information, an encoded LPC filter coefficient information and additional control
30  information or signal enhancement side information.

The audio signal decoder 1100 also comprises a spectral value determinator 1130 which is
configured to obtain a plurality of sets 1132 of decoded spectral coefficients for a plurality
of portions (for example, overlapping or non-overlapping audio frames) of the audio
35  content. The sets of decoded spectral coefficients may optionally be preprocessed using a

preprocessor 1140, thereby yielding' preprocessed sets 1132 of decoded spectral
coefficients.



The variable "noise[]" designates a vector of generated noise. 35 The bitstream variable "global_gaM"
designates a resealing gain quantization index. The variable "g" designates a resealing gain. WO
2011/042464PCT/EP20101064917 45 The variable "rms" designates a root mean square of the
synthesized Wi &tHgHvdit signal "x[r. 5The variable "x[]" designates the RkAESHEEHIPAZ-domain
signal. 8.3.Decoding process The MDCT-based TCX requests from the arithmetic decoder 1230a a
number of quantized 10 spectral coefficients, Ig which is determined by the modu value (i.e. by the

value of the ﬁrlaala(ﬁ od ?] b% aH i, vaI e of the able mod ih ines ttge window
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diagram of Fig. 15 shows a number of spectral coefficients as a function of mod][], as well as a number

of time domain samples of the left zero reglon ZL, of the left overlap region L, of the middle part M, of
the right oved&p @@ﬁ@n igapld drepietright éi"é"re&?%’@??szlﬂ ﬁfﬁ@mcgpwwgegm

converter 1160, which is configured to receive a specirally-shaped set 1158 of decoded
spectral coefficients and to obtain a time-domain representation 1162 of the audio content
on the basis of the spectrally-shaped set 1158 of decoded spectral coefficients for a portion

15  of the audio content encoded in the linear-prediction mode. The frequency-domain-to-
time-domain converter 1160 is also configured to obtain a time-domain representation
1162 of the audio content on the basis of a respective spectrally-shaped set 1158 of
decoded spectral coefficients for a portion of the audio content encoded in the frequency-
domain mode.

20
The audio signal decoder 1100 also comprises an optional time-domain processor 1170,
which optionally petforms a time-domain post processing of the time-domain
representation 1162 of the audio content, to obtain the decoded representation 1112 of the
audio content. However, in the absence of the time-domain post-processor 1170, the

25  decoded representation 1112 of the audio content may be equal to the time-domain
representation 1162 of the audio content provided by the frequency-domain-to-time-
domain converter 1160,

5.2 Further Details

30
In the following, further details of the audio decoder 1100 will be described, which details
may be considered as optional improvements of the audio signal decoder,

It should be noted that the audio signal decoder 1100 is a multi-mode audio signal decoder,
35 which is capable of handling an encoded audio signal representation in which subsequent
portions (for example, overlapping or non-overlapping andio frames) of the audio content
are encoded using different modes. In the following, audio frames will be considered as a
simple example of a portion of the andio content. As the audio content is sub-divided into



WO 2011/042464PCT/EP2010/064917 46 OforOsn<ZL WSW _LEFT 4(1- ZL)forZLSn<74L+L
forZL+L.Sn<ZL+L+M GHT,R(n"L-M) for ZLH-L+MSn<ZL+L+M R OforZL+L+M+RSn<21g The
definitions of WSIN_LEFT, L and WSINRIGHT R will be given below. 5 The MDCT window W(n) is
applied in th&®idBH6*step 1390, which may be considered as a part B BHEFR&6#347inverse MDCT
(for example, of the inverse IV1DCT 1230g). 10Th§ équantlzed spectral coefficients, also designated as
"quant[]", delivered by the arithmetic decoder 1230a (or, alternatlvely, by the inverse quantization
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according to PREE afa (f fonGien tg]cglgg tﬂe overlapping may He 31gn1 canty smaller in some

cases and/or for some transitions.

By this reason, the audio signal decoder 1100 comprises an overlapper configured to
10 overlap-and-add time-domain representations of subsequent audio frames encoded in
different of the modes. The overlapper may, for example, be part of the frequency-domain-
to-time-domain converter 1160, or may be arranged at the output of the frequency-domain-
to-time-domain converter 1160. In order to obtain high efficiency and good quality when
overlapping subsequent audio frames, the frequency-domain-to-time-to-domain converter
15  is configured to obtain a time-domain representation of an audio frame encoded in the
linear-prediction mode (for example, in the transform-coded-excitation sub-mode thereof)
using a lapped transform, and fo also obtain a time-domain-representation of an audio
frame encoded in the frequency-domain mode using a lapped transform. In this case, the
overlapper is configured to overlap the time-domain-representations of the subsequent
20 audio frames encoded in different of the modes. By using such synthesis lapped transforms
for the frequency-domain-to-time-domain conversions, which may preferably be of the
same transform type for aundio frames encoded in different of the modes, a critical
sampling can be used and the overhead caused by the overlap-and-add operation is
minimized. At the same time, there is a time domain aliasing cancellation between
25  overlapping portions of the time-domain-representations of the subsequent audio frames. It
should be noted that the possibility to have a time-domain aliasing cancellation at the
transition between subsequent audio frames encoded in different modes is caused by the
fact that a frequency-domain-to-time-domain conversion is applied in the same domain in
different modes, such that an output of a synthesis lapped transform performed on a
30 spectrally-shaped set of decoded spectral coefficients of a first audio frame encoded in a
first of the modes can be directly combined (i.e. combined without an intermediate filtering
operation) with an output of a lapped transform performed on a spectrally-shaped set of
decoded spectral coefficients of a subsequent audio frame encoded in a second of the
modes. Thus, a linear combination of the output of the lapped transform performed for an
35  audio frame encoded in the first mode and of the output of the lapped transform for an
audio frame encoded in the second of the mode is performed. Naturaily, an appropriate
overlap windowing can be performed as part of the lapped transform process or subsequent

to the lapped fransform process.



{rl[i].-- I for i E [0, 19/ 6[ r/[1g/ 6 + i] =lquant[1g16 + 8.Li/ 8] + kr for i E [0,5. Ig/ 6] min(7ig-s to 8H) k=f0
30 One obtains the reconstructed spectrum as follows: WO 2011/042464PCT/EP2010/064917 47
noisel[i] if r1[1]-= O quant[i] otherwise The above described noise filling may be performed as a
post-proces3titbEtiféEr the entropy decoding performed by the entrop§<iEBHEY4E3a and the
combination performed by the combiner 1230e. 10A. spectrum de-shaping is applied to the
reconstructed spectrum (for example, to the reconstructed spectrum 1376, r[i]) according to the
following steps: 1.calculate the energy Em of the 8-dimensional block at index m for each 8-
dimensional block of the first quarter of .the spectr m 152.compute the ratio Itm= sqrt(Em/El) where |

is the block iftGERISiREN eSS ép%f’ﬁ'ﬁcﬁl atpn s obgueq by figmess ovglnsantedd crm-1,
then set R, engation oFaeh Butirdemsioriapisksokets mjingbisqpentiadip drasresfamedpbdtrum is then
multiplied bydiffetactariiRmodes.

5 _

In other words, it is important that the frequency-domain-to-time-domain converter 1160
provides time-domain output signals, which are in the same domain for both of the modes.
The fact that the output signals of the frequency-domain-to-time-domain conversion (for
example, the lapped transform in combination with an associated transition windowing) is

10 in the same domain for different modes means that output signals of the frequency-
domain-to-time-domain conversion are linearly combinable even at a transition between
different modes. For example, the output signals of the frequency-domain-to-time-domain
conversion are both time-domain representations of an audio content describing a temporal
evolution of a speaker signal. In other words, the time-domain representations 1162 of the

15 audio contents of subsequent audio frames can be commonly processed in order to derive
the speaker signals.

Moreover, it should be noted that the spectrum processor 1150 may comprise a parameter
provider 1156, which is configured to provide the set 1152 of linear-prediction domain
20  parameters and the set 1154 of scale factor parameters on the basis of the information
extracted from the bitstream 1110, for example, on the basis of an encoded scale factor
information and an encoded LPC filter parameter information. The parameter provider
1156 may, for example, comprise an LPC filter coefficient determinator configured to
obtain decoded LPC filter coefficients on the basis of an encoded representation of the
25  LPC filter coefficients for a portion of the audio content encoded in the linear-prediction
mode. Also, the parameter provider 1156 may comprise a filter coefficient transformer
configured to transform the decoded LPC filter coefficients into a spectral representation,
in order to obtain linear-prediction mode gain values associated with different frequencies.
The linear-prediction mode gain values (sometimes also designated with g[kl) may
30 constitute a set 1152 of linear-prediction domain parameters.

The parameter provider 1156 may further comprise a scale factor determinator configured

to obtain decoded scale factor values on the basis of an encoded representation of the scale

factor values for an audio frame encoded in the frequency-domain mode. The decoded
35  scale factor values may serve as a set 1154 of scale factor parameters.

Accordingly, the spectral-shaping, which may be considered as a spectrum medification, is
configured to combine a set 1132 of decoded spectral coefficients associated to an audio



A spectrum de-shaping will be performed as a post-processing arranged in a signal path between the
entropy decoder 1230a and the combiner 1230e. The spectrum de-shaping 25 may, for example, be
performed by the spectrum de-shaping 1374. Prior to applying the inverse MDCT, the two quantized
LPC filters cOfeX¥pbPiitd to both extremity of the MDCT block (i.e. the IS EEE#AYHISIing points) are
retrieved, their weighted versions are computed, anjd} the corresponding decimated (64 points,
whatever the 30 transfoim length) spectrums are computed. In other words, a first set of LPC filter
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transform (ORET)rsHptibeQRFLHGAvENeY binsarenieiarnhiy Rerfegdy) a*ieeag \With,the MDCT
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10computed R 157 erem[g 0f cp der+ 1 aFe t nte of th e Werghted

LPC filter givehthydseptad speetidzeps &Wrgrriﬁ ﬂWB%FWGFB%“%ﬁrﬂ%f%ﬁfémiréeﬁsﬁé% of an LPC
filter, represemdtidigntralleviijn] ofvithe pre-processed version 1132° thereof, are weighted in

dependence on the scale factor values (of the set 1154 of scale factor parameters).
Accordingly, a first type of spectral shaping, namely a spectral shaping in dependence on a

15 set 1152 of linear-prediction demain parameters, is performed in the linear-prediction
mode, and a second type of spectral-shaping, namely a spectrai-shaping in dependence on
a set 1154 of scale factor parameters, is performed in the frequency-domain mode.
Consequently, a detrimental impact of the quantization noise on the time-domain-
representation 1162 is kept small both for speech-like audio frames (in which the spectral-

20  shaping is preferably performed in dependence on the set 1152 of linear-prediction-domain
parameters) and for general audio, for example, non-speech-like audio frames for which
the spectral shaping is preferably performed in dependence the set 1154 of scale factor
parameters. However, by performing the noise-shaping using the spectral shaping both for
speech-like and non-speech-like audio frames, i.e. both for audio frames encoded in the

25  lLinear-prediction mode and for audio frames encoded in the frequency-domain mode, the
multi-mode audio decoder 1100 comprises a low-complexity structure and at the same time
allows for an aliasing-canceling overlap-and-add of the fime-domain representations 1162
of audio frames encoded in different of the modes.

30  Other details will be discussed below.

6. Andio Sienal Decoder According to Fig, 12

Fig. 12 shows a block schematic diagram of an audio signal decoder 1200, according to a

35  further embodiment of the invention. Fig. 12 shows a unified view of a unified-speech-
and-audio-coding (USAC) decoder with a transform-coded excitation-modified-discrete-
cosine-transform (TCX-MDCT) in the signal domain.



n between 0 and Ipc_order - 1, is transformed into the spectral domain, to obtain spectral
25coefficients Xo[k]. The time domain response li)[n] of the LPC filter may be derived from, the time
domain coefficients al to al5 describing the Linear Prediction Coding filter. Gains g[k] can be
calculated frit tAE8fdétral representation Xo[k] of the LPC coefficientsRfdr&R4HBM? 4l to al5)
according to the following equation: 30 g[k] =,V Ir Q,...,M-l) X ,[k]Xo[k] WO
20111042464PCT/EP2010/064917 49 where M=64 1s the number of bands in which the calculated

gains are applied, 5: bs e ctyn f 1] ig. in
dependence{%{ﬁe taf?eé ((:%35J al?g%%%%é:ﬁzzg%gél%s%ﬂé%ﬁ irggfe?angxﬁlr@%sp%g |9 fﬂéo%l;#l n?o%%tl gl%g\e/}alues). For
example, a gHih vallee [I?]‘%a%eﬂé% SRt tﬂ% SPeAL yathatk H?Tlé‘}%% ke
Alternativelybspriralitprotigalexonllids mdiaeie Gesoeiatisiesmiepssentieg epafidspmien 280d, 1376,
rli]. A weightingeaffigientaiifmay be dedived:ftan ehelommotengaisealtekd ikcantRhalweighting

coefficient alil,naypYSHPSIIRAIGH (a3 9aipyalueplkldseriarmpediments.Gansequantly, a
1|fl’%d WII[h ;r)l associated spectral value r[i], to determine a
i

weighting coefficéegtﬁi‘{][ m{aqr/ be mutlétlxp
contribution Sﬁﬂeespec ral CoBHHESHT T 10 He s ectrally shaped spectral coefficient rr[i]. 15 For

example, the following equation may hold: rr[i] = g[k] r[i]. 20 However, different relationships may also
be used. In thikeahaie sifrevdcabie 1CH) edusaddmpifiey 84 tthdakalifitd2dnsiietatiorcehfdactithat the
LPC spectrupiataiecipaict-Ate FeroBaboseiecbsReGH L 1l ihded dioandnyersaMbeyT 12309,
1382. V}lglen ﬁeréormigl%the ir‘iy.e se I\/J[D%'&, Whtich will be described i& Z%det]gﬁlbelo the

‘ € bitstream demulti er 1o erent compoent processing blogks ¢ audicd sighal
reconstructed spectrum values ?rﬁ serve as ?ﬁe_ tlmlg-ft%equoency vaiues X,, ?<, or as the tll%ne-frequency
values spee[fk§3he #flovitig FAERMsHip HifPnsignal decodér 1200 comprises a combined

frequency-domain-mode/TCX sub-mode branch 1230, which receives from the switch
1216 an encoded frequency-domain representation 1228 and provides, on the basis thereof,
a time-domain representation 1232 of the audio content. The audio signal decoder 1200

15 also comprises an ACELP decoder 1240, which is configured to receive from the switch
1216 an ACELP-encoded excitation information 1238 and to provide, on the basis thereof,
a time-domain representation 1242 of the audio content.

The audic signal decoder 1200 also comprises a parameter provider 1260, which is

20 configured to receive from the switch 1218 an encoded scale-factor information 1254 for
an audio frame encoded in the frequency-domain mode and an encoded LPC filter
coefficient information 1256 for an audio frame encoded in the linear-prediction mode,
which comprises the TCX sub-mode and the ACELP sub-mode. The parameter provider
1260 is further configured to receive control information 1258 from the switch 1218, The

25 parameter provider 1260 is configured to provide a spectral-shaping information 1262 for

‘ the combined frequency-domain mode/TCX sub-mode branch 1230. In addition, the
parameter provider 1260 is configured to provide a LPC filter coefficient information 1264
to the ACELP decoder 1240.

30  The combined frequency domain mode/TCX sub-mode branch 1230 may comprise an
entropy decoder 1230a, which receives the encoded frequency domain information 1228
and provides, on the basis thereof, a decoded frequency domain information 1230b, which
is fed to an inverse quantizer 1230c. The inverse quantizer 1230c provides, on the basis of
the decoded frequency domain information 1230b, a decoded and inversely quantized

35  frequency domain information 1230d, for example, in the form of sets of decoded spectral
coefficients, A combiner 1230e is configured to combine the decoded and inversely
quantized frequency domain information 1230d with the spectral shaping information
1262, to obtain the spectrally-shaped frequency domain information 1230f. An inverse



k = rr[k]; or 30spec]i][k] = rr[K]. It should be pointed out here that in the above discussion of the
spectrum processing in the TCX branch, the variable i is a frequency index. In contrast, in the
discussion of the MDCT filter bank and the block switching, the variable i is a window index. A man
skilled 35in & &% 1ifPdadsily recognize from the context whether the varfAIEP1814/4dtdency index or
a window index. WO 2011/042464PCT/EP2010/O§@917 50 Also, it should be noted that a window
index may be equivalent to a frame index, if an audio frame comprises only one window. If a frame

i | | Alch. | ' t e inle wi w.index values
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calculated a¢f the audio content.

5 The entropy decoder 1230a, the inverse gquantizer 1230c¢ and the inverse modified discrete
cosine transform 1230g may all optionally receive some control information, which may
be included in the bitstream or derived from the bitstream by the parameter provider 1260.

The parameter provider 1260 comprises a scale factor decoder 1260a, which receives the

10  encoded scale factor information 1254 and provides a decoded scale factor information
1260b. The parameter provider 1260 also comprises an LPC cocfficient decoder 1260c,
which is configured to receive the encoded LPC filter coefficient information 1256 and to
provide, on the basis thereof, a decoded I.PC filter coefficient information 1260d to a filter
coefficient transformer 1260e. Also, the LPC coefficient decoder 1260¢ provides the LPC .

15 filter coefficient information 1264 to the ACELP decoder 1240, The filter coefficient
transformer 1260e is configured to transform the LPC filter coefficients 1260d into the
frequency domain {(also designated as spectrzﬂ domain) and to subsequently derive linear
prediction mode gain values 1260f from the LPC filter coefficients 1260d. Also, the
parameter provider 1260 is configured to selectively provide, for example using a switch

20 1260g, the decoded scale factors 1260b or the linear prediction mode gain values 1260f as
the spectral shaping information 1262.

It should be noted here that the audio signal encoder 1200 according to Fig. 12 may be
supplemented by a number of additional preprocessing steps and post-processing steps

25 circuited between the stages. The preprocessing steps and post-processing steps may be
different for different of the modes.

Some details will be described in the following.

30 7. Signal flow according to Fig, 13

In the following, a possible signal flow will be described taking reference to Fig. 13. The
signal flow 1300 according to Fig. 13 may occur in the audio signal decoder 1200
according to Fig. 12.

35
It should be noted that the signal flow 1300 of Fig. 13 only describes the operation in the
frequency domain mode and the TCX sub-mode of the linear prediction mode for the sake



2.rms 15The resealed synthesized time-domain signal is then equal to: x[nj= x[n] g After
resealing, the windowing and overlap-add is applied. The windowing may be 20 performed using a
window W(n) as described above and taking into account the windowing parameters shown in Fig. 15.
Accordingly, ¥eAtdd##dertime domain signal representation zn is obtain@§ HEP2EHGHP IV (). 25 In the
following, a concept will be described which is helpfyl if there are both ICX encoded audio frames (or
audio subframes) and ACELP encoded audio frames (or audio subfrarnes). Also, it should be noted

that the LPC ji ici i it enc ‘ ‘ e means
some mbodﬂ%&H%%£9§E“§%ﬁ?ﬁ§%g T SR RS E e
2011/04246%?&4%6%%%2 with reference to rig. I2.

The common frequency domain mode/TCX sub-mode branch 1230 receives the encoded

5 frequency domain information 1228, The encoded frequency domain information 1228

may comprise so-called arithmetically coded spectral data ;‘ac_spectrai_da ”, which are

extracted from a frequency domain channel stream (*fd_channel_stream”) in the frequency

domain mode. The encoded frequency domain information 1228 may comprise a so-called

TCX coding (“tcx_coding”), which may be extracted from a linear prediction domain

10 channel stream (“Ipd_channel_stream”) in the TCX sub-mode, An entropy decoding 1330a

may be performed by the entropy decoder 1230a. For example, the entropy decoding

13302 may be performed using an arithmetic decoder. Accordingly, quantized spectral

coefficients “x_ac_quant” are obtained for frequency-domain encoded audio frames, and

quantized TCX mode spectral coefficients “x_tcx_quant”™ are obiained for audio frames

15  encoded in the TCX mode. The quantized frequency domain mode spectral coefficients

and the guantized TCX mode spectral coefficients may be integer numbers in some

embodiments. The entropy decoding may, for example, jointly decode groups of encoded

spectral coefficients in a context-sensitive manner. Moreover, the number of bits required

to encode a certain spectral coefficient may vary in dependence on the magnitude of the

20 spectral coefficients, such that more codeword bits are required for encoding a speciral
coefficient having a comparatively larger magnitude.

Subsequently, inverse quantization 1330c of the quantized frequency domain mode
spectral coefficients and of the quantized TCX mode spectral coefficients will be

25  performed, for example using the inverse quantizer 1230c. The inverse quantization may
be described by the following formula:

4
x_invquant = Sign(x_ quant)-|x_ quani3

30 Accordingly, inversely quantized frequency domain mode spectral coefficients
(*x_ac_invquant™) are obtained for audio frames encoded in the frequency domain mode,
and inversely quantized TCX mode spectral coefficients (“x_tcx_invquant”) are obtained
for audio frames encoded in the TCX sub-mode.

7.1 Processing for audio frame encoded in the frequency domain

L%
Lh




Afterwards, the following notation is adopted: x[] designates the output of the inverse modified discrete
cosine transform, z[] the decoded windowed signal in the time domain and out[] the synthesized time
domain signal. 5The output of the inverse modified discrete cosine transform is then resealed and
windowed asMBIFW &, x[n]- wn]- g;V 0 n <N 10 N corresponds to th&PABEPMAGAIT size, i.e. N-
21g. When the previous coding mode was either F[),mode or MDCT based TCX, a conventional
overlap and add is applied between the current decoded windowed signal zz,n 15 and the previous

decoded wingowecuHANGLCIH LIORISIG RERLL M0 s ket Al Already Aocadad MDCT
| IS égtalr?ec?gly tl?)e Q

windows. The final time domain synthesis ou[_Li owing formulas. In case z8 comes
from FD moa%:wﬂeﬂc;\'/ Oy 31345 | & BB g AP 1 9pRfnally gpphied ifRn8ig jinversehino 4 N 1
LN 1 N R - +Quantized fraquengyodomain mode spectral coefficients, to obtain a noise-filled version

1342 of the inversely quantized frequency domain mode spectral coefficients 1330d

5 ("x_ac_invquant”). Next, a scaling of the noise filled vérsion 1342 of the inversely

quantized frequency domain mode spectral coefficients may be performed, wherein the

scaling is designated with 1344, In the scaling, scale factor parameters (also briefly

designated as scale factors or sflg][sfb]) are applied to scale the inversely quantized

frequency domain mode spectral coefficients 1342 (“x_ac_invquant™). For example,

10 different scale factors may be associated to spectral coefficients of different frequency

bands (frequency ranges or scale factor bands). Accordingly, inversely quantized spectral

coefficients 1342 may be multiplied with associated scale factors to obtain scaled spectral

coefficients 1346. The scaling 1344 may preferably be performed as described in

International Standard ISO/IEC 14496-3, subpart 4, sub-clauses 4.6.2 and 4.6.3. The

15 scaling 1344 may, for example, be performed using the combiner 1230e. Accordingly, a

scaled (and consequently, spectrally shaped) version. 1346, “x_rescal” of the frequency

domain mode spectral coefficients is obtained, which may be equivalent to the frequency

domain representation 1230f. Subsequently, a combination of a mid/side processing 1348

and of a temporal notse shaping processing 1350 may optionally be performed on the basis

20 of the scaled version 1346 of the frequency domain mode spectral coefficients, to obtain a

post-processed version 1352 of the scaled frequency domain mode spectral coefficients

1346. The optional mid/side processing 1348 may, for example, be performed as described

in ISO/IEC 14496-3: 2005, information technology-coding of audio-visual objects - part 3:

Audio, subpart 4, sub-clause 4.6.8.1. The optional temporal noise shaping may be

25  performed as described in ISO/IEC 14496-3: 2005, information technology-coding of
audio-visual objects - part 3: Audio, subpart 4, sub~clause 4.6.9.

Subsequently, an inverse modified discrete cosine transform 1354 may be applied to the
scaled version 1346 of the frequency-domain mode spectral coefficients or to the post-

30 processed version 1352 thereof. Consequently, a time domain representation 1356 of the
audio content of the currently processed audio frame is obtained. The time domain
representation 1356 is also designated with x; . As a simplifying assumption, it can be
assumed that there is one time domain representation X; , per audio frame. However, in
some cases, in which muitiplé windows (for example, so-called “short windows™) are

35 associated with a single audio frame, there may be a plurality of time domain
representations x; , per audio frame.



25 N 1 is the size of the window sequence coming from FD mode. Lout indexes the output buffer out
and is incremented by the number N-1 +N R of written samples. 422 In case zfri," comes from MDCT
based TCX: WO 2011/042464PCT/EP2010/064917 52 N1 _, is the size of the previous MDCT
window, i_o0Yth##éikE&€4pke output buffer out and is incremented by the nABEPTIPLARY/2 of written
samples. 5 In the following, some possibilities will g described to reduce artifacts at a transition from
a frame or sub-frame encoded in the ACELP mode to a frame or sub-frame encoded in the

MDCT- base%ﬂ%@@%d’&&gg ak@\ggg\g{n pg&qg éﬂat dlfgeégrrgala}ppr%geh?%g g Iés,o 10be used.

In the followi a épecmc

irst roach wil| be priefly describe comin
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region betwebfeénE JosssiRiidfaraes. ina’vﬂmhéfmoxﬁnn@e svsdovhdeapproadtaméll becbriefly
described (asvihibdeseitne ddmihs AG-4atandieatliarbbiies pamingdrommd GibB:dhe mext TCX
window i erg@;g,@gc visneahs:@hdncreasing M (middle length) by 128 samples. At decoder the right
part of window, i.e. the first R non-zero decoded samples are simply discarded and replaced by 20 the

decoded ACELP samples.
7.2, Processing for audio frame encoded in the TCX mode

In the following, the processing will be described for an audio frame encoded entirely or
10 partly in the TCX mode, Regarding this issue, it should be noted that an audio frame may
be divided into a plurality of, for example, four sub-frames, which can be encoded in
different sub-modes of the linear prediction mode. For example, the sub-frames of an audio
frame can selectively be encoded in the TCX sub-mode of the linear prediction mode or in
the ACELP sub-mode of the linear prediction mode. Accordingly, each of the sub-frames
15 can be encoded such that an optimal coding efficiency or an optimal fradeoff between
andio quality and bitrate is obtained. For example, a signaling using an array named
“mod{}” may be included in the bitstream for an andio frame encoded in the linear
prediction mode to indicate which of the sub-frames of said audio frame are encoded in the
TCX sub-mode and which are encoded in the ACELP sub-mode. However, it should be
20 noted that the present concept can be understood most easily if it is assumed that the entire
frame is encoded in the TCX mode. The other cases, in which an audio frame comprises

both TCX sub-frames should be considered as an optional extension of said concept.

Assuming now that the entire frame is encoded in the TCX mode, it can be seen that a
25 noise filling 1370 is applied to inversely quantized TCX mode spectral coefficients 1330d,
which are also designated as “quant[]”. Accordingly, a noise filled set of TCX mode
spectral coefficients 1372, which is also designated as “¢fi]”, is obtained. In addition, a so- .
called spectrum de-shaping 1374 is applied to the noise filled set of TCX mode spectral
coefficients 1372, to obtain a spectrum-de-shaped set 1376 of TCX mode spectral
30 coefficients, which is also designated as “r[i]”. Subsequently, a spectral shaping 1378 is
applied, wherein the spectral shaping is performed in dependence on linear-prediction-
domain gain values which are derived from encoded LPC coefficients describing a filter
response of a Linear-Prediction-Coding (LPC) filter. The spectral shaping 1378 may for
example be performed using the combiner 1230a. Accordingly, a reconstructed set 1380 of
35 TCX mode spectral coefficients, also designated with “re{i}”, is obtained. Subsequently, an
inverse MDCT 1382 is performed on the basis of the reconstructed set 1380 of TCX mode
spectral coefficients, to obtain a time domain representation 1384 of a frame (or,
alternatively, of a sub-frame) encoded in the TCX mode. Subsequently, a rescaling 1386 is



The reconstructed synthesis oulliow+ni is then filtered through the pre-emphasis filter (1- 0.68z") . The
resulting pre-emphasized synthesis is then filtered by the analysis filter A(z) in order to obtain the
excitation signal. The calculated excitation updates the ACELP 25 adaptive codebook and allows
switching froWPREXGEREELP in a subsequent frame. The analysis filtePédéffesétite4dte interpolated in
a subfirarne basis. 309.Details Regarding the Filterp?emk and Block Switching In the following, details
regarding the inverse modified discrete cosine transform and the block switching, i.e. the
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cancellation, *HRHERSY HaRERIh SR SN T LNeseaFIBe obtained without the bitrate overhead.

9.1.Filterbank and Block Switching -Description 10 The time/frequency representation of the signal (for
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tool is also adopted. N represents the window length, where N is a function of the bitstream variable

"windowsequence"obgieach chanpgl.deN/2 time-frequency values XIA are transformed into the N
time domain'values’x,,, via the IMDCT. After applying the window 20 function, for each channel, the

first half of the zo sequence is added to the second half of the previous block windowed sequence

20..1),, to recaRstite CRABUIBIESEIBIRS fo1o8athPR I ineHoendeiRE fivunis AFri Btk Switsing -
Definitions 28nlrotled dptodinly, pomessbefiritionhslof thitstrealapyatialke pwidbiséngjvidne domain
samples of a right-sided (temporally later) portion of a first audio frame are overlapped and
added with time domain samples of a lefi-sided (temporally earlier) portion of a
20 subsequent second audio frame. This overlap-and-add processing 1394 is performed both
for subsequent audio frames encoded in the same mode and for subsequent audio frames
encoded in different modes. A time domain aliasing cancellation is performed by the
overlap-and-add processing 1394 even if subsequent audio frames are encoded in different
modes (for example, in the frequency domain mode and in the TCX mode) due to the
25  specific structure of the audio decoder, which avoids any distorting processing between the
output of the inverse MDCT 1954 and the overlap-and-add processing 1394, and also
between the output of the inverse MDCT 1382 and the overlap-and-add processing 1394.
In other words, there is no additional processing between the inverse MDCT processing
1354, 1382 and the overlap-and-add processing 1394 except for the windowing 1358, 1390
30 and the rescaling 1386 (and optionally, a spectrally non-distorting combination of a pre-
‘ emphasis filtering and a de-emphasizing operation).

8. Details regarding the MDCT based TCX
8.1.  MDCT based TCX-tool descrintion

35
When the core mode is a lincar prediction mode (which is indicated by the fact the
bitstream variable “core_mode” is equal to one) and when one or more of the three TCX
modes (for example, out of a first TCX mode for providing a TCX portion of 512 samples,



The bitstream variable "window_sequence" comprises two bits indicating which window sequence (i.e.
block size) is used. The bitstream variable "window_sequence" is typically 30 used for audio frames
encoded in the frequency-domain. Bitstream variable"window_shape" comprises one bit indicating
which windoWd@Attitd4et selected. 35The table of Fig. 16 shows the ele V&R HHRUSRFEEGuences (also
designated as window sequences) based on the sgyen transform windows.
(ONLY_LONG_SEQUENCE,LONG_START_SEQUENCE,EIGHT_SHORT SEQUEN CE,

LONG_STOR, SEQLENCE, Jqoo@ﬂ%arff&?&%mﬁ% ? em/g ZA54P GTIERR0J0/0640L7 54
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subframes or a Com ion" o &ndoded Slbframas and ACETPA enco ST AIREE® 9.3,
Filterbank aﬁahstﬂaféwsvmﬁm‘“grb@&@éﬁ%@%@@%@}@wwﬁmiw@f'@é}@mt&ﬁﬂwmMDCT The
analytical exprebsida¥fsitentitd CT ibe Nri2dr prspethlkioak, 1ail levk@ii2n a' tbhpataivelg) lkng- ' N',.21,/
for TCX encoding, a medium length TCX encoding or a short length TCX encoding is used),
10 the MDCT based TCX tool is used. In other words, if one of the sub-frames of the current
audio frame is encoded in the TCX sub-mode of the linear prediction mode, the TCX tool
is used. The MDCT based TCX receives the quantized spectral coefficients from an
arithmetic decoder (which may be used to implement the entropy decoder 1230a or the
entropy decoding 1330a). The quantized coefficients (or an inversely quantized version
15 1230b thereof) are first completed by a comfort noise (which may be performed by the
noise filling operation 1370). LPC based frequency-domain noise shaping is then applied
to the resulting spectral coefficients (for example, using the combiner 1230e, or the
spectral shaping operation 1378) (or to a spectral-de-shaped version thereof), and an
inverse MDCT transformation (which may be implemented by the MDCT 1230g or by the
20 inverse MDCT operation 1382) is performed to get the time domain synthesis signal.

8.2. MDCT-based TCX-definitions

In the following, some definitions will be given.

25
“lg” designates a number of quantized spectral coefficients output by the arithmetic
decoder (for example, for an audio frame encoded in the linear prediction mode).
The bitstream variable “noise_factor” designates a noise level quantization index,

30
The variable “notse level” designates a level of noise inmjected in the reconstructed
specirum.
The variable “noise[]” designates a vector of generated noise.

35

The bitstream variable “global_gain™ designates a rescaling gain quantization index.

The variable “g” designates a rescaling gain.



0 n < N where: n = sample index i = window index k = spectral coefficient index N = window length
based on the window_ sequence value (N /2 + 1) / 2 The synthesis window length N for the inverse
transform is a function of the syntax element "window_sequence" and the algorithmic context. It is

- defined as fOHOW WRAHEOW length 2048: WO 2011/042464PCT/EP201G/OBESN168908US, if
ONLY_LONGSEQUENCE 2048, if LONG_STARTZEQUENCE 256, if EIGHT_SHORT_SEQUENCE
2048, If LONG_STOP_SEQUENCE 2048, If STOP_STARTSEQUENCE A tick mark (R1) in a given
table cell of the table of Fig. 17a or 17b indicates that a window 5sequence listed in that particular row

may be followed by.a window sequence listed in that particular colymn.  Meanjngful block transitions
of  irst emEIEL A Tite A THE=1 240 S A SR ISLK tFNEHGR S AR MRS S8 bodiment
are listed in théltable of Fig. 17d. Additional block 10transitions in the embodiment according to Fig.
17b will be explained separately below. 9.3.2 Filterbank and Block Switching - Windowing and Block

Switching  Drpensipg of thebidatisame\graklesdanelameniskyindow_sequence” and 15
"window_shape" element different transform windows are used. A combination of the window halves

described as follows offers all possible window sequences. For "windowshape" == 1, the window
coefficients &e-gi ! r - Bessel derived (KBD) window as follows: 20

The MDCT-based TCX requests from the arithmetic decoder 1230a a number of quantized
10 spectral coefficients, lg, which is determined by the mod[] value (i.e. by the value of the
variable mod[]). This value (i.e. the value of the variable mod[]) also defines the window
length and shape which will be applied in the inverse MDCT 1230g (or by the inverse
MDCT processing 1382 and the corresponding windowing 1390). The window is
composed of three parts , a left side overlap of L samples (also designated as lefi-sided
15  transition slope), a middle part of ones of M samples and a right overlap part (also
designated as right-sided transition slope) of R samples. To obtain an MDCT window of
length 2*1g, ZL zeros are added on the left side and ZR zeros are added on the right side.

In case of a transition from or to a “short_window” the corresponding overlap region L or

20 R may need to be reduced to 128 (samples) in order to adapt to a possible shorter window
slope of the “short window”. Consequently, the region M and the corresponding zero
region ZL or ZR may need to be expanded by 64 samples each.

In other words, normally there is an overlap of 256 samples =L =R. It is reduced to 128 in
25  case of FD mode to L.PD mode.

The diagram of Fig. 15 shows a number of spectral coefficients as a function of mod{], as

well as a number of time domain samples of the left zero region ZL, of the left overlap

region L, of the middle part M, of the right overlap region R and of the right zero region
30 ZR '

The MDCT window is given by



25 W KBD _ RIGHT ,N (n) = for 2 where: W', Kaiser - Besse' kernel widow function, see also [5], is
defined as follows: WO 2011/042464PCT/EP2010/064917 56 vr (n,a) - r 1,n -N14) N 1 4 o[ra] for 0 5.
n-25

WO 2611/042464 PCT/EP2610/064917
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0 Jfor 0<n<ZL
Wow raer (n—ZL) Jor ZL<n<ZL+L
Wn) =< 1 Jor ZL+Lsn<ZL+L+M
Wan worra—ZL~L~M) for ZL+L+M Sn<ZL+L+M+R
L 0 Jfor ZL+L+M+R<n<2lg

The definitions of WSH\I_LEFT, L a.nd-Ws;N_me R will be given below,

The MDCT window W(n) is applied in the windowing step 1390, which may be
considered as a part of a windowing inverse MDCT (for example, of the inverse MDCT
1230g).

10 The quantized spectral -coefficients, also designated as “quant{]”, delivered by the
arithmetic decoder 1230a (or, alternatively, by the inverse guantization 1230c¢) are
completed by a comfort noise. The level of the injected noise is determined by the decoded
bitstream variable “noise_factor” as follows:

15 noise_level = 0.0625*(8-noise_factor)

- A noise vector, also designated with “noise[}”, is then computed using a random function,
designated with “random_sign()”, delivering randomly the value ~1 or +1. The following
relationship holds:

20

noise[i] = random_sign()*noise level;

The “quant[]” and “noise[]” vectors are combined to form the reconstructed spectral
coefficients vector, also designated with “r[]”, in a way that the runs of 8 consecutive zeros

25 in “quant[]” are replaced by the components of “noise[]”, A run of 8 non-zeros are detected
according to the following formula:

rifi]=1 forie{0,1g/ 6]
min(7,ig-81i/8 |13

riflg/6+ij= 3, |quant{lg/6+8i/8 [+ k] forie[0.5.1g/ 6]

k=0

30

One obtains the reconstructed spectrum as follows:



CO10[f]=E k=0 k!

10

15

20

25

30

35

WO 2011/042464 PCT/EP2010/064917

47

il = noise[i] if rili]=0
B quantfi] otherwise

The above described noise filling may be performed as a post-processing between the
entropy decoding performed by the entropy decoder 1230a and the combination performed
by the combiner 1230e.

A spectrum de-shaping is applied to the reconstructed spectrum (for example, to the
reconstructed spectrum 1376, r[i]) according to the following steps:

1. calculate the energy E,, of the 8-dimensional block at index m for each 8-
dimensional block of the first quarter of the spectrum
2. compute the ratio R,=sqri(En/E;), where 1 is the block index with the maximum

value of all B,
3, if Ry<0.1, then set R,=0.1

Each 8-dimensional block belonging to the first quarter of the spectrum is then multiplied
by the factor R,

A specirmn de-shaping will be performed as a post-processing arranged in a signal path
between the entropy decoder 1230a and the combiner 1230e. The spectrum de-shaping
may, for example, be performed by the spectrum de-shaping 1374,

Prior to applying the inverse MDCT, the two quantized LPC filters corresponding to both
extremity of the MDCT block (i.e. the left and right folding points) are retrieved, their
weighted versions are éomputed, and the corresponding decimated (64 points, whatever the
transform length) spectrums are computed.

In other words, a first set of LPC filter coefficients is obtained for a first period of time and
a second set of LPC filter coefficients is determined for a second period of time. The sets
of LPC filter coefficients are preferably derived from an encoded representation of said
LPC filter coefficients, which is included in the bitstream. The first period of time is
preferably at or before the beginning of the current TCX-encoded frame (or sub-frame),
and the second period of time is preferably at or after the end of the TCX encoded frame or



a = kernel window alpha factor, 4 for N = 2048 (1920) 6 for N = 256 (240) Otherwise, for
"window_shape" = 0, a sine window is employed as follows: g 10 WSIN LEFT N(n) sin(-(n + ))for O n <
-N22 ,1WSIN RIGHT , N(n) = sin -(n -))for - n <N N22 The window length N can be 2048 (1920) or
256 (240) foMPao9KIBE4id the sine window. 15 How to obtain the possifl€ Wil et dences is
explained in the parts a)-e) of this subclause. For ajlgkinds of window sequences the variable
"window_shape" of the left half of the first 20 transform window is determined by the window shape of
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filter coefficients of the second set,

5 The weighted LPC spectrums are computed by applying an odd discrete Fourier transform
(ODFT) to the LPC filters coefficients. A complex modulation is applied to the LPC
(filter) coefficients before computing the odd discrete Fourier transform (ODFT), so that
the ODFT frequency bins are (preferably perfectly) aligned with the MDCT frequency
bins. For example, the weighted LPC synthesis spectrum of a given LPC filter A(z) is

10 computed as follows:

M= L.
XK= x[nle ¥
n={
with

x,[n]= ‘Qf[n]e_jvn if0<n<lipc order+1

0 if lpc_order+1<n<M
15
where W[n), n=0...Ipc _order +1, are the coefficients of the weighted LPC filter given
by: '
20 W(z)=Az/y) withy, =092

In other words, a time domain response of an LPC filter, represented by values w{n], with

1 between 0 and Ipc_order — 1, is transformed into the spectral domain, to obtain spectral
25 coefficients Xg[k]. The time domain response w[n] of the LPC filter may be derived from,

the time domain coefficients a; to ai¢ describing the Linear Prediction Coding filter.

Gains g[k] can be calculated from the spectral representation Xo[k] of the LPC coefficients
(for example, a; to a;s) according to the following equation:

[
glk]= ST Y ke{0.,M~-1}

30



WO 2011/042464PCT/EP2010/064917 57 "window_shape_previous_block" is a variable, which is
equal to the bitstream variable "window_shape" of the previous block (i-1).  For the first raw data
block "raw_clata_block()" to be decoded, the variable 5"window_shape" of the left and right half of the
window are #&¥aa4Ridase the previous block was coded using LPD n¥§d&P2010/664917
"window_shape_previous_block" is set to 0. 10 a) ggLY_LONG_SEQUENCE: The window sequence
designated by window_sequence - ONLY_LONG_SEQUENCE is equal to one window of type ,,LONG
WINDOW" with a total window length N _I of 152048 0920). For window_shape = 1 the window for
variable value "ONLY_LONG_SEQUENCE" is given as follows: i(n),for C/ri<N //2 KEDNagracr(n), for
N 1/2n<N/ If window_shape = 0 the window for variable value "ONLY_LONG_SEQUENCE" can be
described asWbHtE=05 W (1 puringt BFENSS jinyvioetOre calddlaie? Yatay Moappdizan),for N 112..n<N 1
After windowing, the time domain values (4,0) can be expressed as: = w(n) xr WO
2011/042464PCT/EP2010/064917

Subsequently, a reconstructed spectrum 1230f, 1380, rr{i] is obtained in dependence on the
calculated gains g[k] (also designated as linear prediction mode gain values). For example,
a gain value pg[k] may be associated with a spectral coefficient 1230d, 1376, rfi).
Alternatively, a plurality of gain values may be associated with a spectral coefficient
10 1230d, 1376, tfi]. A weighting coefficient afi] may be derived from one or more gain
values gfk], or the weighting coefficient a[i] may even be identical to a gain value g[k] in
some embodiments. Consequently, a weighting coefficient a[i] may be multiplied with an
associated spectral value 1[i], to determine a contribution of the spectral coefficient r[1] to
. the spectrally shaped spectral coefficient rrfi].
i5
For example, the following equation may hold:

re(i] = gk] - rfi].
20 However, different relationships may also be used.

In the above, the variable k is equal to i/(Ig/64) to take into consideration the fact that the
LPC spectrums are decimated. The reconstructed spectrum 1rf] is fed into an inverse
MDCT 1230g, 1382. When performing the inverse MDCT, which will be described in

25  detail below, the reconstructed spectrum values rrfi] serve as the time-frequency values X;
%, Or as the time-frequency values specfi][k]. The following relationship may hold:

Xi,k == I'!‘[k]‘, or
30 spec[i][k] = rr{k].

It should be pointed out here that in the above discussion of the spectrum processing in the
TCX branch, the variable i is a frequency index. In contrast, in the discussion of the
MDCT filter bank and the block switching, the variable i is a window index. A man skilled

35 inthe art will easily recognize from the context whether the variable i is a frequency index
or a window index.



58 b) LONG_START_SEQUENCE: The window of type "LONG_START_SEQUENCE" can be used to
obtain a correct overlap and add for a block transition from a window of type 5 "ONLY
LONG_SEQUENCE" to any block with a low-overlap (short window slope) window half on the left
(EIGHT_SH®RPFISEAHIENCE, LONG_STOP_SEQUENCE, STOP_STARRVEBEQUENTE or
LPD_SEQUENCE), In case the following window, sequence is not a window of type
"LPD_SEQUENCE": 10 Window Iength N _1and N _sis setto 2048 (1920) and 256 (240)
respectively. I ence is a ndovv o‘t LRD SE CE": Window
length N Iar{{orljs gaﬁs(-:‘S iléggleétot&c? %%ﬂ% 192%) é@lg &8‘63& se 8% ve yXP% ﬁ\%m%ﬁow s’ﬁa%le z--= 1 the
window for wWiRHSWFISORHRRE SHaRe V8 %‘Eﬁ%ﬁl% FORSRE: iadempviibishsN_1(n), 1.0,
W KBD RIGHP fess(fometimes theforowbnmulifiernindew index @iNesivsr£rane. 1-N _s \for 3N _I-N
_S<3N _1+N_s 4154- 114 for 3N-L:Alsn < N__|

5  The non-windowed output signal x[] is rescaled by the gain g, obtained by an inverse
quantization of the decoded global gain index (“global_gain™):

1 Oglobai _gain/ 28

2-rms

10
Whete rms is caleulated as:

Finsg =

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

x,[n]=xn]-g

After rescaling, the windowing and overlap-add is applied. The windowing may be

20  periormed using a window W(n) as described above and taking into account the
windowing parameters shown in Fig. 15. Accordingly, a windowed time domain signal
representation z; , is obtained as;

Zi n = Xwn] - W(n).
25
In the following, a concept will be described which is helpful if there are both TCX
encoded audio frames (or audio subframes) and ACELP encoded audio frames (or audio
subframes). Also, it should be noted that the LPC filter coefficients, which are transmitted
for TCX-encoded frames or subframes means some embodiments will be applied in order
30 to mitialize the ACELP decoding,

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



20 If window_shape == 0 the window for window type "LONG_START_SEQUENCE" looks-like: for

0_ n<N//2 WLEFT,N. _101)1 1.0,for N Il 2 < n < 3N-1-N-s sucifiGHT,Nin N is 3N _I-N _s) for
3N-_1-N_s<n <3N _41 4+N s 44 0.0,for 3N-1+N-s <n<N | 4- 25 The windowed time-domain values
can be calcufdfiedWhtttbre formula explained in a). ¢) EIGHT SHORT  PFHERANIGMSEquence for
window_sequence == EIGHT_SHORT comprises gight 30 overlapped and added SHORT_WINDOWSs
with a length N _s of 256 (240) each. The total length of the window_sequence together with leading

and fo"OW'n%ﬁm@s2%8fowo%g%%%ﬂﬁé%&H&P%&i%ﬁgﬁg&z i o) oF 3 Althe elght snor
blocks are Wlndg\P/d&j Sepe ratel flr%rt T esh 5 g%ri:c lr_lff' exe %\/ h the va:)% ej=-1(M=_1I
IN_s). THEWING aeecg Te Prévibls ocﬁ SO AL A 8Ph & s LR rB?é’E:ksS
(Wo(n)) onlyaiPﬂ\HHﬁHdW §W§b§9mg tiBedRiBBW YgAEkons can be glven as follows: {
50n<N_s12 WLEFT,N _s(n), for O

5 The output of the inverse modified discrete cosine transform is then rescaled and

windowed as follows:

Czn}=x{n]-wnl- g V0SsH< N
10
N corresponds to the MDCT window size, i.e. N=2{g.

When the previous coding mode was either FD mode or MDCT based TCX; a
conventional overlap and add is applied between the current decoded windowed signal z; ,

15 and the previous decoded windowed signal z;.,, , where the index i counts the number of
already decoded MDCT windows. The final time domain synthesis ouf is obtained by the
following formulas.

In case z;.;, comes from FD mode:

20
[z 'V0<R<Nhl_£
R - 4 2
N | L N I L
= 4 .v . _——< T4 5
Ouf[f,m, "*"?2} Zi’N"_f__,\.J +Zu~1 %}L,.n’ 4 2 =n< 2

4
NI 1 NI _N_R
2 2

R

25 N _1is the size of the window sequence coming from FID mode. i out indexes the output

{ N R .
TR of written samples.

buffer out and is incremented by the number

In case z;,; , comes from MDCT based TCX:

30



WKBD_LEFT,N _s(n), for 0sl2 ,0< W KED RIGHT,N s(n), for Ns/2 n<N_s W(n) 10 Otherwise, if
windowshape -= 0, the window functions can be described as: Wo(n)= LEFT ,N _s (0,for 0.<_n <N_s/2
SIN _RIGHT ,N _sfor Ns/2 n<N_s 15W (n)--,0< TrJ W six tE.. SIN _RIGHT,N _s(n), for N_s/2n<N sr
s(n), for 0 n© B1PFHE4overlap and add between the EIGHT _SHORT WRATJERRO Wéq#sce resulting in
the windowed time domain values zij, is described gg follows: for 0 <n < NN

out{i, +nj=

aut

Ni. 1 is the size of the previous MDCT window. i_our indexes the output buffer our and is
incremented by the number (V + L — R)/2 of written samples.

In the following, some possibilities will be described to reduce artifacts at a transition from
a frame or sub-frame encoded in the ACELP mode to a frame or sub-frame encoded in the

MDCT-based TCX mode. However, it should be noted that different approaches may also
10 be used.

In the following, a first approach will be briefly described. When coming from ACELP, a
specific window cane be used for the next TCX by means of reducing R to 0, and then
eliminating overlapping region between the two subsequent frames.
15
In the following, a second approach will be briefly described (as it is described in USAC
WDS5 and earlier). When coming from ACELP, the next TCX window is enlarged by
means of increasing M (middle length) by 128 samples. At decoder the right part of
window, i.e. the first R non-zero decoded samples are simply discarded and replaced by
20 the decoded ACELP samples.

The reconstructed synthesis owtfin.+n] is then filtered through the pre-emphasis filter
(1-0.68z"") . The resulting pre-emphasized synthesis is then filtered by the analysis filter

A(z) in order to obtain the excitation signal. The calculated excitation updates the ACELP

25 adaptive codebook and aliows switching from TCX to ACELP in a subsequent frame. The
analysis filter coefficients are interpolated in a subframe basis.

30 9 Details Regarding the Filterbank and Block Switching

In the following, details regarding the inverse modified discrete cosine transform and the
block switching, i.e. the overlap-and-add performed between subsequent frames or
subframes, will be described in more detail. It should be noted that the inverse modified
35  discrete cosine transform described in the following can be applied both for audio frames



WO(n NI -4N 5), for fv-i-AN-s < n < Ar-"+N-s -4 -1 (n NJ-F(2,1-3)N sN I+(2 j-1)N XN 1+(2j-)N_s Wi(n4
J4 -4 for1<j<-1+(21-1)N -25N 1+(2J+1)N _sn< -4 4N 1+(2M-3)Ns \ X 1,n_N 2+(2m-aw 'Wn-4- h
Al for N_1+(2M-1)N _s<n <N _1+(2M+1)N _s 4 for NJ+(2M4+1)N_s < <NI WO
2011/04246372F1EP26H0/064917 60 d) LONG_STOP_SEQUENCE PKiEFHRMae¥s48Equence is
needed to switch from a window sequence "EIGHT_..SHORT_SEQUENCE" or a window type
"LPD_SEQUENCE" back to a 5 window type "ONLY_LONG_SEQUENCE". In case the previous

e (oo e SR P R R AR Aol RIS A5 Y ol AR P B RE11R PR (1920) 2
T%X mod%. While the windows (W(n)) for use in the TCX mode have been described
above, the windows used for the frequeﬂcy-doméin-mode will be discussed in the
“following: it should be noted that the choice of appropriate windows, in particular at the
5  ftransition from a frame encoded in the frequency-mode to a subsequent frame encoded in
the TCX mode, or vice versa, allows to have a time-domain aliasing cancellation, such that

transitions with low or no aliasing can be obtained without the bitrate overhead,

| 9.1, Filterbank and Block Switching ~Description
10

The time/frequency representation of the signal (for example, the time-frequency
representation 1158, 12301, 1352, 1380) is mapped onto the time domain by feeding it into
the filterbank module (for example, the module 1160, 1230g, 1354-1358-1394, 1382-1386-
1390-1394), This module consists of an inverse modified discrete cosine transform

15 (IMDCT), and a window and an overlap-add function. In order to adapt the time/frequency
resolution of the filterbank to the characteristics of the input signal, a block switching tool
is also adopted. N represents the window length, where N is a function of the bitstream
variable “window_sequence”, For each channel, the N/2 time-frequency values Xy are
transformed into the N time domain values xi, via the IMDCT. After applving the window

20  function, for each channel, the first half of the z;, sequence is added to the second half of
the previous block windowed sequence zg.qy, to reconstruct the output samples for each
channel out;,...

G.2.  Filterbank and Block Switching — Definitions

25

In the following , some definitions of bitstream variables will be given.

The bitstream variable “window_sequence” comprises two bits indicating which window
sequence (i.e. block size) is used. The bitstream variable “window_sequence” is typically
30 used for audio frames encoded in the frequency-domain.

Bitstream variable”window_shape” comprises one bit indicating which window function is
selected.

35 The table of Fig. 16 shows the eleven window sequences (also designated as
window_sequences) based on the seven transform windows,
(ONLY_LONG_SEQUENCE,LONG_START SEQUENCE,EIGHT SHORT SEQUEN
CE, LONG_STOP_SEQUENCE, STOP_START SEQUENCE).



10 In case the previous window sequence is an LPD_SEQUENCE: Window length NI and Ns is set to
2048 (1920) and 512 (480) respectively. If window_shapel the window for window type
"LONG_STOP_SEQUENCE" is given as follows: 15 for O<ne-1-4N-s for N-1-"--s < n< AT-1+N-s 44
for Ni+N's < WeNoV24246dr N |11 2....n<N | W(n) 0.0, N I-N' s, Wvrx(n - - ZFT/EP2010/664917

54

In the following, LPD_SEQUENCE refers to all allowed window/coding mode
combinations inside the so called linear prediction domain codec. In the context of
decoding a frequency domain coded frame it is important to know only if a following

5 frame is encoded with the LP domain coding modes, which is represented by an
LPD_SEQUENCE. However, the exact structure within the LPD _SEQUENCE is taken
care of when decoding the LP domain coded frame.

In other words, an audio frame encoded in the linear-prediction mode may comprise a
10 single TCX-encoded frame, a plurality of TCX-encoded subframes or a combination of

TCX-encoded subframes and ACELP-encoded subframes.

9.3.  Fliterbank and Block Switching-Decoding Process

15 0.3.1 Filterbank and Block Switching-IMDCT

The analytical expression of the IMDCT is:

N

—2-‘3
; ;spec{z][k]cas( N (n+ no)[k 4«%)} for 0<n<N

20
where:
n = sample index
i = window index
k = spectral coefficient index
N = window length based on the window_sequence value
n0 = (N/2+1)/2
The synthesis window length N for the inverse transform is a function of the syntax
element “window_sequence” and the algorithmic context. It is defined as follows:
25

Window length 2048




1.0, WKBD IUGHT N 101), -- If window_shape - 0 the window for LONG_START_SEQUENCE is
determined by: 20 0.0, NI-N s - 4\ WLEFT,N- h 1.0, WSIN _RIGHT ,N _1(10

WO 2611/042464 PCE/EP2010/064917
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(2048, if ONLY_LONG SEQUENCE
2048, if LONG_START SEQUENCE
N =<{256, ifEIGHT SHORT SEQUENCE
2048, IfLONG_STOP SEQUENCE
(2048, IfSTOP_START SEQUENCE

A tick mark () in a given table cell of the table of Fig. 17a or 17b indicates that a window
5 sequence listed in that particular row may be followed by a window sequence listed in that
particular column,

Meaningful block transitions of a first embodiment are listed in Fig. 17a. Meaningful block
transitions of an additional embodiment are listed in the table of Fig. 17d. Additional block
10  transitions in the embodiment according to Fig. 17b will be explained separately below,

9.3.2 Filterbank and Block Switching — Windowing and Block Switching

Depending on the bitstream variables (or elements) “window_sequence” and
15 “window_shape” element different transform windows are used. A combination of the

window halves described as follows offers all possible window sequences.

For “window_shape” == 1, the window coefficients are given by the Kaiser - Bessel

derived (KBD) window as follows:

20
>l(pall
=0
WKBDMLEFT,N(n)ﬂ :%;,"é“"""‘——"w for OSH<—2—
> rp.a)l
Pl
WKBD_MRIGHT,N(}?): for —<n<N
25

where:

W, Kaiser — Bessel kernel widow function, see also [5], is defined as follows:



for 0<n<N-1-4N-s for 41V-8 < n< 4 for N-7-s<n<N //2 for N //2_11,</V'| The windowed time domain
values can be calculated with the formula explained in a). WO 2011/042464PCTTEP2010/064917 61
e) STOP_START_SEQUENCE: The window type "STOP_START_SEQUENCE" can be used to
obtain a corré&t8VEPEA%ANd add for a block transition from any block withA/FRMEVEY (short window
slope) 5 window half on the right to any block with g%low-overlap (short window slope) window half on
the left and if a single long transform is desired for the current frame. In case the following window
sequence is not an LPD_SEQUENCE: Window length N _Iand N _ sr is set to 2048 (1920) and 256
(240) respectively. 10 In case the following window sequence is an LPD_SEQUENCE: Window length

N land N _sris set to 2048 (1920) and 212 (480) respectively. In case the previous window
sequence is not an LPD SE &%NOEMJ
7 ’ ) N4
I [mx]

for 0 ol
. or0=sns —
W' (no) = 2

5
2
Gl
o
L[x]= E zkt
k=0 :
= Yernel wind oha fact _j4for N = 2048 (1920}
o = kernel window aipha factor, o 6 forN = 256 (240)
Otherwise, for “window_ghape” = 0, a sine window is employed as follows:
4 1 . N
10 WSIN__LEFT,N(H) = SIH(N (n+ 2)) for 0<n< 5
4 1 N
WSIN_ RIGHT,N(H) = Sin(ﬁ(n+—2‘)) for ~2— <N
The window length N can be 2048 (1920) or 256 (240) for the KBD and the sine window.
15

How to obtain the possible window sequences is explained in the parts a)-e) of this
subclause.

For all kinds of window sequences the variable “window_shape” of the left half of the first

20 transform window is determined by the window shape of the previous block which is
described by the vaiable “window_shape previous block”, The following formula
expresses this fact:

Wesn Lirru (n)if "window _shape pfevious _block" ==

B Wi ulng=
LR 7) {WSIN_LEW’N(;?), if  “window_shape _ previous _block" ==0

where:



15Window length N _I and N _sl is set to 2048 (1920) and 256 (240) respectively. In case the previous
window sequence is an LPD_SEQUENCE: Window length N _I and N _sl is set to 2048 (1920) and
512 (480) respectively. 20 If window_shapel the window for window type

"STOP_STARY 28ERMBENCE" is given as follows: 0.0, ,N 1-N - sl, -1-NREI'TaPo10/464N7 4 for N

-1-N-81-1+N-31 .72<N rill- LEFT ,N _stk.fl) , 4 57

“window_shape previous_block™ is a variable, which is equal to the bitstream variable
“window_shape” of the previous block (i-1).

For the first raw data block “raw_data block()” to be decoded, the variable
5 “window_shape” of the Jeft and right half of the window are identical.

In case the previous block was coded using LPD mode, “window_shape previous_block”
is set to 0.

10
a) ONLY_LONG_SEQUENCE:

The window sequence designated by window_sequence == ONLY LONG_SEQUENCE
is equal 1o one window of type ,,LONG_WINDOW* with a total window length N7 of

15 2048 (1920).

For windew_shape == | the window for variable value ,,ONLY LONG_SEQUENCE* s
given as follows:

) = Woger n (1), for 0<n<N_I/2
20 W(n)= Wiesp_nicwr. (M), for N_1/2<n<N_I

If window_shape == ( the window for variable value “ONLY_LONG_SEQUENCE” can
be described as follows:

Wesrrw (1), for 0<n<N_I/2
25 win)= W w1 (M) for N_1/2<n<N_I

After windowing, the time domain values (z;,) can be expressed as:

Za= W(n) X



44  W(n), 1.0, for N-1+N -sl-1-N-srn <3N 44 |N -sr 3N 1-N Sr for 3N- /- N -sr-1+N _sr

10

15

20

25

30
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b) LONG_START SEQUENCE:

The window of type “LONG_START_SEQUENCE” can be used to obtain a correct
overlap and add for a Dblock transition from a window of type
“ONLY_LONG_SEQUENCE” to any block with a low-overlap (short window slope)
window half on the left (EIGHT _SHORT SEQUENCE, LONG STOP_SEQUENCE,
STOP_START SEQUENCE or LPD_SEQUENCE).

In case the following window sequence is not a window of type “LPD_SEQUENCE™:
Window length N _land N sissetto 2048 (1920) and 256 (240) respectively,

In case the following window sequence is a window of type “LPD_SEQUENCE”:
Window length N /and N _sis set to 2048 (1920) and 512 (480) respectively.

If window_shape == 1 the window for window type “LONG_START SEQUENCE" is
given as follows:

Woger v (1), for 0sn<N _I/2
W(n) = 10, for N_]/2<n <30
WKBD_R.’GHT,N__;(H + %’i - W), for BN”Z- B sn< 3NJ: it
0.0, for LA <ne N ]

If window_shape = 0 the window for window type “LONG_START_SEQUENCE”
looks like:

r’WLEF:r,N,_zf(”)= for 0<n<N [/2
w(n) =4 19, for N_I/2<n<¥LHs
- Ns 3N I-Ns IN_I-N IN 4N
WSIN_R]GHT,NWS(H-I-_‘?“_ m4 - ), fOI' -—-='4—'”S_<~n<m_~:..§m~m{
09, for 22t <na N I

W

The windowed time-domain values can be calculated with the formula explained in a).

¢) EIGHT _SHORT

The window sequence for window_sequence == EIGHT SHORT comprises eight
overlapped and added SHORT WINDOWSs with a length N _s of 256 (240) each. The

total length of the window_sequence together with leading and following zeros is 2048
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(1920). Each of the eight short blocks are windowed separately first. The short block
number is indexed with the variable j =0,..., M -1 (M =N _I/N _s).

The window_shape of the previous block influences the first of the eight short blocks
5 (Wy(n)) only. If window_shape =— 1 the window functions can be given as follows:

- Woerrn (s for 0<n<N_s/2
o) = Wysp womrw (1), for N_s/2<n<N_s

Wesp_rerra () for0<smn< N_s/2

Wym = L0< <M1
’ Wsp_rioarw_s(1), Tor N_s/2<n<N_s
10
Otherwise, if windew_shape = 0, the window functions can be described as:
W, (n) = WLE}T‘N_s (n), for0<n<N _ S/Z
()=
Wen wirrw () for N_s /2<n<N_s
4 n for0<n<N _s/2
W;(n)m SW_LEF'T‘N;\;( ): _ / ,8<jSMml
15 W _miourn_s(n), for N s/2<n<N_s
The overlap and add between the EIGHT SHORT window_sequence resulting in the
windowed time domain values z;y is described as follows:
f -
0, : for 0 < p < 2L
N_I=N N_J-N N N
x{),nﬂﬁc’.ﬁi"_&'Wﬂ(”— =7 J)s for — 7 = < pp o - =
NI N_1+(2j-BN_s
ol BRI ’ pp:f—} (H - ww:i——) + xj,n—— LA ’ H/:F(?l - -—-——-——~—4---—~—)5
= ‘ ; N_I+(2)-DN_s N_I+(2j+1IN ¢
20 Z .= forl<j< M, =—=——=<np<—="=——=
} N_I(2M=-3)N s
x -+ - s W . n B ErE—— .
LS 1( 4 )
for NJ+(2T—1}N_S <n< Nw1'+{21:!+1}N_s
{), for N__i+(2.l{+1)N_.s‘ <n< N__l




for 3N-1+N-sr1 _11.<N 4 25 If window_shape 0 the window for window typé

"STOP_START_SEQUENCE" looks like: WO 2011/042464PCT/EP20101064917 62 0.0, , N 1-N
31 WLEFT,w _ilk.n- for N-1+ N -sI 5 n <3N-1-N-sr 1.0, 44 sr 3N _1 - N srfor ),3N-1-44 N sr _<.n
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d) LONG_STOP _SEQUENCE

This window _sequence is needed to switch from a window sequence
“EIGHT_SHORT SEQUENCE” or a window type “LPD_SEQUENCE” back to a
5  window type “ONLY_LONG_SEQUENCE”,

In case the previous window sequence is not an LPD_SEQUENCE:
Window length N _land N _ sis set to 2048 (1920) and 256 (240) respectively.

10 In case the previous window sequence is an LPD_SEQUENCE:
Window length N land N _sis set to 2048 (1920) and 512 (480} respectively.

If window_shape = 1 the window for window type “LONG_STOP_SEQUENCE” is
given as follows:

15
00, for 0<n <20
W{n) = WLEFT,N_"S(H - NJ:N_.S), for NJ;N"S £n< NJ:N“"S
10, for ~EEL<n<N_1/2
WKBD_RIGHT,N“I(HL for N 1/22n<N |
If window_shape == 0 the window for LONG_START SEQUENCE is determined by:
00, for 0<n<=0s
N_I-N_s N_I-N N_+N,
W’(n) ..—:.ﬁWLEFT,N_s(n""_“‘T“L)a for == 7 L <n< "": =
20 10, for 22 <n< N 172
Wen w1, for N [/2<n<N |

The windowed time domain values can be calculated with the formula explained in a).



The windowed time-domain values can be calculated with the formula explained in a). 9.3.3 Filterbank
and Block Switching - Overlapping and Adding with Previous Window 5 Sequence Besides the
overlap and add within the EIGHT_SHORT window sequence the first (left) part of every window
sequence (oM&F Widh#Ftetme or subframe) is overlapped and added with Bh@/EBzUAtIIENt) part of the
previous window sequence (or the previous frame or 10 subframe) resulting in the final time domain
values out". The mathematic expression for this opération can be described as follows. In case of
ONLY_LONG SESUENGE IS2NEENART SEQUENCE,
EIGHT_SHORT_SEQUENCE,LONG_STOP_SEQUENCE, 15 STOP_START_SEQUENCE: out,,, -N

for 0 n <N =248 (480} g2 TOYE AhAKRT sSR@tioN{rtheonetar-angnadd Pebreanaudp frames

ded in the 20 _doma . “and.- time-domai
representatid Shi o A o
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In case the following window sequence is not an LPD_SEQUENCE:
Window length N /and N _ sris set to 2048 (1920) and 256 (240) respeciively.
10

In case the following window sequence is an LPD_SEQUENCE:
Window length N'_{and N _ sris set to 2048 (1920) and 512 (480) respectively.

In case the previous window sequence is not an LPD_SEQUENCE:
15  Windowlength N land N _s/is set to 2048 (1920) and 256 (240) respectively.

In case the previous window sequence is an LPD_SEQUENCE:
Window length N /and N _s/is set to 2048 (1920) and 512 (480) respectively.

20  If window_shape == 1 the window for window type “STOP_START_SEQUENCE” is
given as follows:

~N_sl

0.0, for(}sMN_J.z_{V_:ﬁ_
N [-N_4d N_I-N_sl N_I+N_s

WLEFT,NM.#(”"“;“‘"E”";””), for 2 <u< 7

7 3 »
W(n):! ]0’ for N__[‘:A _$l£n< N__IéN_’Sr
N s 3N _I-N_sr. fo =tV 3N IEN o

WKBDmeGHr,N_ﬂ (n+ - 7 ): 4 4

0.0, for Wén<]\(’_l

25  If window_shape == 0 the window for window type “STOP_START_ SEQUENCE” looks
like:



outriou, + n] =+ Zi_Lny ;VO S. n < N | is the size of the window sequence. i_out indexes the output
buffer out and is incremented by the number N -L of written samples. 2 5 In case of LPD SEQUENCE:
In the following, a first approach will be described which may be used to reduce aliasing artifacts.
When cominty & REERP, a specific window cane be used for the nextPFERB3)14064%¢ans of reducing
R to 0, and then eliminating overlapping region be%een the two subsequent frames. In the following, a
second approach will be described which may be used to reduce aliasing artifacts (as it is described in
USAC WDS5 and earlier). When coming from 15 ACELP, the next TCX windaw,s gnlarged by means of
increasing M (midd|e length) by 128%mples and by also incre&%ifg ’aﬁm‘rﬁbgrUT”MDCT coefficients
associated with the] TCX window. At the degodegr, the right pagf of vwndgw l.epthg figst )R non-zero

decoded samples are sinffaly-diséardedapdTeplaced by thé detogetdACEEPSampfes: In other
words, by providing additional MDCT coefficients (for examplg, 1132 insteadgf 1024), 20aliasing
artifacts are Fetiiced. Worded differéfitly, by providing exti& MBCF coeffigients Tsyctitrat the number
of MDCT coefficients is larger than half of the number of timg gomain sampleg,pey aydig. frame), an
aliasing-free portio quI:Nthﬂtlme doiaiff reﬁeieﬂa;m cdn Arbe-Gbtgmed,; whithrefimgnates the need for
a dedicated aliasin canceITatlon at the cost of & non-critical sagplipg,of the spectrum. 25 Otherwise,
when the previous decoded windoWéd signalcomes from thé& TcxNa tonventional
overlap and add is performed for getting the final time signal out. The overlap and add can be
expressed by 1h& TBHONAR FRSIANR I MHeE Era s itrsv e feadagxplained in a).

LONG_START_SEQUENCE or an EIGHT_SHORT_SEQUENCE: 30 Ns
9.3.3 Filterbank and Block Switching — Overlapping and Adding with Previous Window
5  Seguence

Besides the overlap and add within the EIGHT SHORT window sequence the first (left)

part of every window sequence (or of every frame or subframe) is overlapped and added

with the second (right) part of the previous windew sequence (or the previous frame or
10 subframe) resulting in the final time domain values owt,,. The mathematic expression for

this operation can be described as follows.

In  case of ONLY LONG SEQUENCE, LONG_START SEQUENCE,
EIGHT SHORT SEQUENCE, LONG_STOP_SEQUENCE,
15 STOP START SEQUENCE:

out,, =z, +z ;i Tfor0gn< —‘;i, N =2048 (1920)

[ E
2

The above equation for the overlap-and-add between audio frames encoded in the
20 frequency-domain mode may also be used for the overlap-and-add of time-domain
representations of the audio frames encoded in different modes.

Alternatively, the overlap-and-add may be defined as follows:

25
In case of ONLY_LONG_SEQUENCE, LONG_START _SEQUENCE,
EIGHT_SHORT SEQUENCE, LONG_STOP_SEQUENCE,
STOP_START_SEQUENCE:



n+z(-1,3NH-Ap sn;\710n<-zNt N2-4-4NsN1+Nsz"5 n<-,"2440U WO
2011/042464PCT/EP2010/064917 64 N,.1 corresponds to the size 2Ig of the previous window applied
in MDCT based TCX. Lout indexes the output buffer out and is incremented by the number of (N1 + N
s)/4 of writteWS a3 BIE344Y s/2 should be equal to the value L of the previBGERIBMEY88d TCX defined
in the table of Fig. 15. For a STOP_START_SEQUENCE the overlap and add between FD mode and
MDCT based TCX as the following expression: outfiow +lij=2ZN Z _2.1v; VO

: _ . N I
Ouf{lour +n] = Zz.n + Zi—i,m-ﬁfi’v{} =n< —

N _1is the size of the window sequence. i_out indexes the output buffer ouf and is

incremented by the number N; L of written samples.

In case of LPD_SEQUENCE:

In the following, a first approach will be described which may be used to reduce aliasing
artifacts. When coming from ACELP, a specific window cane be used for the next TCX by

10 means of reducing R to 0, and then eliminating overlapping region between the two
subsequent frames,

In the following, a second approach will be described which may be used to reduce
aliasing artifacts (as it is described in USAC WD5 and earlier). When coming from

15 ACELP, the next TCX window is enlarged by means of increasing M (middle length) by
128 samples and by also increasing a number of MDCT coefficients associated with the
TCX window. At the decoder, the right part of window, i.e. the first R non-zero decoded
samples are simply discarded and replaced by the decoded ACELP samples. In other
words, by providing additional MDCT coefficients (for example, 1152 instead of 1024),

20  aliasing artifacts are reduced. Worded differently, by providing extra MDCT coefficients
(such that the number of MDCT coefficients is larger than half of the number of time
domain samples per audio frame), an aliasing-free portion of the time-domain
representation can be obtained, which eliminates the need for a dedicated aliasing
cancellation at the cost of a non-critical sampling of the spectrum,

25
Otherwise, when the previous decoded windowed signal z;.; , comes from the MDCT based
TCX, a conventional overlap and add is performed for getting the final time signal out. The
overlap and add can be expressed by the following formula when FD mode window
sequence is a LONG_START SEQUENCE or an EIGHT_SHORT_SEQUENCE:

30 '

N

i)
Zyans FZ o -ns ;V0sn<
AR AR S Rk L P 2

i1
. 4
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Ni.; corresponds to the size 2/g of the previous window applied in MDCT based TCX.
i_out indexes the output buffer our and is incremented by the number of (¥ [+ N 5)/4 of
written samples. N_s/2 should be equal to the value L. of the previous MDCT based TCX
defined in the table of Fig. 15.

Fora STOP_START SEQUENCE the overlap and add between FD mode and MDCT
based TCX as the following expression:

N_sl
Z oy n g FZ awoawa 2V0Sn<—
i,——‘=-:t-=——+n i_l,m,mL:m,-:mM 2
out{i_, +n]= N s N
z N_;’—N_sim;v ) <n<—= -

4

N.; corresponds to the size 2Ig of the previous window applied in MDCT based TCX.
i out indexes the buffer out and is incremented by the number (N [ + N_sl)/4 of written
samples N_sl/2 should be equal to the value L. of the previous MDCT based TCX defined
in the table of Fig. 15.

10, Details Reearding the Computation of win]

In the following, some details regarding the computation of the linear-prediction-domain
gain values gk} will be desciibed to facilitate the understanding. Typically, a bitstream
representing the encoded audio content (encoded in the linear-prediction mode) comprises
encoded LPC filter coefficients. The encoded LPC filter coefficients may for example be
described by corresponding code words and may describe a linear prediction filter for
recovering the audio content. It should be noted that the number of sets of LPC filter
coefficients transmitted per LPC-encoded audio frame may vary. Indeed, the actual
number of sets of LPC filter coefficients which are encoded within the bitstream for an
audio frame encoded in the linear-prediction mode depends on the ACELP-TCX mode
combination of the audio frame (which is sometimes also designated as “superframe”).
This ACELP-TCX mode combination may be determined by a bitstream variable.
However, there are naturally also cases in which there is only one TCX mode available,
and there are also cases in which there is no ACELP mode available.
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based TCX. 15 Lout indexes the buffer out and is incremented by the number (N | + N sl)/4 of written

samples N_s1/2 should be equal to the value L of the previous MDCT based TCX defined in the table
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The bitstream is typically parsed to extract the quantization indices corresponding to each
of the sets LPC filter coefficients required by the ACELP TCX mode combination.

In a first processing step 1810, an inverse quantization of the LPC filter is performed. It
5 should be noted that the LPC filters (i.e. the sets of LPC filter coefficients, for example, a,
to ajg) are quantized using the line spectral frequency (LSF) representation (which is an
encoding representation of the LPC filter coefficients). In the first processing step 1810,
inverse quantized line spectral frequencies (L.SF) are derived from the encoded indices.

10  For this purpose, a first stage approximation may be computed and an optional algebraic
vector quantized (AVQ) refinement may be calculated. The inverse-quantized line spectral
frequencies may be reconstructed by adding the first stage approximation and the inverse-
weighted AVQ contribution. The presence of the AVQ refinement may depend on the
actual quantization mode of the LPC filter.

15
The inverse-quantized line spectral frequencies vector, which may be derived from the
encoded representation of the LPC filter coefficients, is later on converted into a vector of
line-spectral pair parameters, then interpolated and converted again into LPC parameters.
The inverse guantization procedure, performed in the processing step 1810, results in a set

20 of LPC parameters in the line-spectral-frequency-domain. The line-spectral-frequencies are
then converted, in a processing step 1820, to the cosine domain, which is described by line-
spectral pairs. Accordingly, line-spectral pairs g; are obtained. For each frame or subframe,
the line-spectral pair coefficients g; (or an interpolated version thereof) are converted into
linear-prediction filter coefficients ay, which are used for synthesizing the reconstructed

25  signal in the frame or subframe. The conversion to the linear-prediction-domain is done as
follows. The coefficients fy; and fop may for example be derived using the following
recursive relation:

for i=1to 8
[ =25, fE-D+2£,G-2)
30 for j=i-1 down to 1
HU= 1245, /1 -D+/1(T-2)
end
end

with initial values /1{0) = 1 and £i(-1) = 0. The coeffictents f,(i) are computed similarly by
replacing gz by ga5.
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| the i sprediction: indJ as follows.
The coefficients N ) may forexample 6@5@?&%&%@%@&@?& %%r}ﬁcéglge})?lﬂé%%@%ﬂon: for 1=1
to 8 A-221 Bgfolwing rlalynsiiRpoldsiy down to 1 A (j) = () 1) +-2)

W(z)=dA(z/y,) withy, =092

In view of the above, it can be seen that the coefficients Wwin] can easily be derived from
25  the encoded LPC filter coefficients, which are represented, for example, by respective
indices in the bitstream.

It should also be noted that the derivation of x{n], which is performed in the processing
step 1870 has been discussed above. Similarly, the computation of Xplk] has been

30  discussed above. Similarly, the computation of the linear-prediction-domain gain values
glk], which s performed in step 1890, has been discussed above.

11. Alternative Solution for the Spectral-Shaping
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frequency-domain values xqfk], which are spaced non-linearly in frequency. For example,
the frequency-domain values x[k] may be spaced logarithmically in frequency or may be
spaced in frequency in accordance with a Bark scale. Such a non-linear spacing of the
frequency-domain values Xy[k] and of the linear-prediction-domain gain values g{k] may
result in a particularly good trade-off between hearing impression and computational
complexity, Nevertheless, it is not necessary to implement such a concept of a non-uniform
frequency spacing of the linear-prediction-domain gain values.

12, Enhanced Transition Concept

In the following, an improved concept for the transition between an audio frame encoded
in the frequency domain and an andio frame encoded in the linear-prediction-domain will
be described. This improved concept uses a so-called linear-prediction mode start window,
which will be explained in the following.

Taking reference first to Figs. 17a and 17b, it should be noted that conventionally windows
having a comparatively short right-side transition slope are applied to time-domain
samples of an audio frame encoded in the frequency-domain mode when a transition for an
audio frame encoded in the linear-prediction mode is made. As can be seen from Fig. 17a,
a window of type “LONG_START_SEQUENCE”, a window of type
EIGHT_SHORT SEQUENCE”, a window of type “STOP_START SEQUENCE” is
conventionally applied before an audio frame encoded in the linear-prediction-domain.
Thus, conventionally, there is no possibility to directly transition from a frequency-domain
encoded audio frame, to which a window having a comparatively long right-sided slope is
applied, to an audio frame encoded in the linear-prediction mode. This is due to the fact
that conventionally, there are serious problems caused by the long time-domain aliasing
portion of a frequency-domain encoded audio frame to which a window having a
comparatively long right-sided transition slope is applied. As can be seen from Fig. 174, it
is conventionally not possible to transition from an audio frame to which the window type
“only_long_sequence” is associated, or from an audio frame to which the window type
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XU[K] argl ofiifg lineauhpiedictio frdamaingain Vakies ek maniesuidn #ipasticdlaiygaed trade-off
between hearing impression and computational complexity. Nevertheless, it is not necessary to
implement such a conce t of a_ hon-uniform 15frequen éspacmg of the linear-prediction-domain gain

values. 12. EAHSREERPAANHD FEsHARHEhe doTBMiag 28A Isr et it BIS o AR T fERsition
between an &udisddamneticoded 201 nmidefret) e dineksrprsidicind -denzinliorrdgnd endivdard in the

linear-predicpaicmativadilkin deserifadprdhis iR qESORGER! WS ARe-aalleriBeastprediction
mode sgrt window,, M&WM& efal %gmlghe fso eingraKing Felarance. m& k@ and 170,

it should be noted that co vent Wln 0 325 aving a comparatively sho t-side transition
slope are apBﬂétﬁB?g’tl?ﬁé”HS?ﬁ 1680 & H‘?ﬁﬂﬁiﬁ@%@éﬂ%@d%&rﬁ réh?i%ﬁrcy‘ﬁ 8¥nain mode

when a trandftonusbarr AYERS Franvéfistrbtepiaind inednprededistionotiet iFamade idsstiegh be seen
from Fig. 17a¢ ahwinaabeos iWBCTONGH Sidaksds kit ioNbiEf e quatingddonefiygeoded audio

EIGHT_SHORRSEOUENCE" aiidonrobieSTOP ST AT SEQURNCES isddsaaventonally
applled efor/g %3 Ona?#o fthame edncoded in t ) I| ergrdlgg&%domame [h ‘% conventlé)na y, there is
0

as80c te %
no pOSS |||tyt irec tranSI iIon from a enc INn enco e rame 0 ich a window

having a coniardhoer) ey v %ﬂé‘b"‘&gp F@Q Fe%” &Y éﬁﬁﬂé“ﬁ*&rﬁ?@ﬁ@%@@ﬁ?w
linear-predictfiemenode bT hisyisidukut totHe faeyubaiyedrmentiowaflsd there areviaticuwipdoblems caused

by the long tifie-dRmain.aliasinends ROttt ala fipsvareytdomain prerded adiotiamarie which a
window haV'B&@rQ?{&B%E&Vz?%( %&J ﬁéﬂ?%@&%‘%@:é'ﬁ%é%ﬁ%&!% &?ﬁ&%ﬁiﬁ g, from Fig.
17a, it is.convention Iyn ossible to transjtion fro ana I0 frame to htheW| w type
pifeR g R R R G R R e e A
2011/042464!3@%@%0@@1@6@91?&6’@1‘ |ofiestot @éqtﬁ@ﬁ@@edls baersdeadiglivg-gosiisseBliént audio

frame encodegktitidizatineangirddichioheabisesam fdevie Varainpsatindg @irnhalkinenfaecording to the
invention, a new type of audio frame is 5used, namely an audio frame to which a linear-prediction

mode start window.is ass%%?&%d' e of.audio rame( Iso bri fIyd 51 ted a
RS J“i\ﬁ’gB’Pe hLé dore SFife i ek 8f}f|on domain

linear-predic on mo e start frame)’is enco su mo%lle Inear-pre
mode. Ehe lifiagt audio frame encoded in the frequency-domain mode and for an audio frame encoded

in the linear-prediction mode, a time-domain-aliasing-canceling overlap-and-add operation
with good time-aliasing-cancellation characteristics can be performed between a previous
audio frame encoded in the frequency-domain mode and having a comparatively long
right-sided transition slope (for example, of 1024 samples) and the linear-prediction mode

30 start frame having a comparatively long left-sided transition slope (for example, of 1024
samples), wherein the transition slopes are matched for time-aliasing cancellation. Thus,
the linear-prediction mode start frame is encoded in the linear-prediction mode (i.e. using
linear-prediction-coding filter coefficients) and comprises a significantly longer (for
example, at least by the factor of 2, or at least by the factor of 4, or at least by the factor of

35 B) left-sided transition slope than other linear-prediction mode encoded audio frames to
“create additional transition possibilities.



prediction mode start frame comprises a single TCX frame (i.e., is not sub-divided into 10 TCX
subframes). Consequently, as much as 1024 MDCT coefficients are included in the bitstream, in an
encoded form, for the linear-prediction mode start frame. In other words, the number of MDCT
coefficients ¥43381a#8d4d a linear-prediction start frame is identical to th&4HEBEWIRMIICT coefficients
associated to the frequency-domain encoded audiq.frame to which a window of window type
"only_long_sequence' is associated. 15 Additionally, the window associated to the linear-prediction

o St U SLISIARL S hONCWTTART SEQUENGE) s,
||near predICtlon gn e Start frame m e Ver Slm ar tO t e fre uenc Omal 0 elaai}rame to
P

which a wind6\PoFty P ‘?oﬁ@m&mv@@q%nﬁ’ém‘i@‘é%%iamw& tﬁ%‘“’ﬁ}i@‘éﬁr HrEHEYh mode
start frame ditfede fhiteterrentraigercihe pdioniain Bachded ik deafieidntsiae trraspdict ddrshaping is
20 performechinidrpepdant@omide Hnaathedichion aeraal Hiifaaduabstatihat thah iftslependence

on Sca'esfaCTéHci{ééH% tﬁ@%e%%%ﬁ&%ﬁ‘%d@r%ﬁéﬂﬁeﬁ@'@Bzg”h%'i ﬁQ@é?k%i%”Eé Agclyggd in the

bitstream for 8 Ii:ilear pr egiction f,tart frame. AéSt e Inverse DCT 4,.1382 is applied in the
petficient 1 1t Tedi 11 on 1n1t1a 17atio
same domain as xplaine above P8 (B an Budis sie She8da'h equency omain

mode and foteiTaHe f%méﬁeiﬁzwe‘atiw ﬂi@Sﬁﬁe%ntbi@éﬁ&f@ﬂ%@d@l@%ﬁ@é@é@%@i@aﬁwﬁg -canceling
overlap-and-add operation with good time-aliasing-cancellation characteristics can be performed

between a predglqusimw@ﬁi@c%aeaﬁeﬁz ihesﬁe%ei@g%ﬂ@@%&%ﬂ&@%iﬂ%ﬁ%wparatlvely
Iongrig%&de ti‘anéltl(ﬂj slo e4(1f8r ﬁ({azmg) eaoflépé’m a(rinpaﬁsg andqgg%l ne é};gb%on ode 30 start

frame having a comparativ ﬁlong d'transition S opeé( or xa samf) es) wherein
the transmorieiaae% 3 WhEBRSE QFHATRInG B FRPTORHRSIRAY /eriiéig Eiiii’é‘éiffﬁi%li& 8rimode start
frame is encodedidéd théhidfegupredibtionmuoe (isnagiripiiebngrediction-cotidgilkél G dedficients)
and comprises:ansignific @t longek desoaxanmple, latdaasthydbe fadoneh2 . dnatleastdwthe factor of

4, or atleastyhe fadir ol IR Isfkolded tieiifét%g'%%t@&g%iﬁﬁm%g@%ﬁii%;a%ag(gigeln;gged

audio frames.to cr ition itio ibjlities.” WQ 2

prpatlicl A aipher ke A b M S Hencoded
audio frame #iiag thevwfivd el el Ivpdixdeushied’ miiheamwrlﬁiibd&%ritrﬁmdsbmﬂedme
comprises thixadvalitagepiaaichitil Gibddtanc odfidreriisare trprisamited -kiddh e-dinsdonpiepkaifon mode

start frame, whigh 268 AYRIARISHRTR éfimer;gie@t@a%m@s‘ﬁo Deedadin ske Ungarprediction mode.
Consequent%it IS n%i}@cessarsg to |{i%ud£: fxtggm FC’}C Sfi;[er coef %%ig%igifoa%neéisogn gi%oriéhﬁtbitstsream
in order to have initi iZation INTORMAtioN 10 a deco ipeh i

linear- p?@dicﬁ’@ﬁ%%t@ﬁéo‘d@d’ﬁﬁa%hf@ﬁiwgslﬁhﬁlMé&dﬂﬁ@%ﬁééb’? igfgeededipite a graphical
representatidregfiasedomacensidtOuiog atidieefrsppeseq4d0s 1 AlRjoiv 1426498 chvbiokpaliesamprise a
length of 2048raidia saRiRies sad WILHRMAIES 6 aHaRRIRGI b aRpRiRMARisN Uupthe ighaudio frame
1410 is encoglesh i gequency -domain mode using an "only _long_sequence" window 1420, the
second audio frame 412 is encoded in the linear-prediction mode using a linear-prediction mode start
window, which is equal to the "long_start_sequence" window, the third audio 15 frame 1414 is

encoded&in tHe |mabep?e@dnoﬁignéaetusm@qrf@i@xmé,farvﬁﬁomiﬁiiii[iﬁnaasesiefmwé@@wror a value
of mod[x]=3,whigh indesignhtediwibsid2hnlifshauiddr nied tisal tradirreanipredictiormede start

window 14221&?6”@@?@%&&8@6%&9%%@%& 0-3loR6 kG102 étéi’@h%ﬁ amngl érﬁi?ﬁ*i@d rght-sided
transition slope of |[ength 256 samples w 1424 co 8 es a ided tggﬁ? on slope of
ength 256 SARSTAEHICPA RO D SO ST IO A A TS, THEdalh audio
frame 1416 iybwéo%réopmqﬁ%ifiéofbérié}ﬂmﬁ%im%od@é@,i@%Sﬂ%?@l@béﬁmge&uw@mﬁlnabw 1426,
which céimprisgsmitafisidettransitidintsiopabiengtih 226:csamitids anddarighitSideddratsition slope
of length 102dhsamplaRBRASEAR BR-Se65HH B, 1 JHiNe:do MR- serRIES HQr JRRaudio, frlames are
provided by inverse n% fied dIS(ﬁi‘ete co§ips% tran form§1460 1462, 1464, 1466. For the audio frames
1410, 1416 enco e i t e?reque%’ omam mo ‘'spectral-shaping is performed in dependence
on scale factors and scale factor values. For the audio frames 1412, 1414, which are encoded in the
linear-predictién mddmcthsigpectral-shaping is performed in 30 dependence on linear-prediction
domain-gain values which are derived from encoded linear prediction coding filter coefficients. In any

case, spectiaf yalycs e ORYeR o AR°REIARAS RPN AN BIop AR LS.

shaping applied in frequency-domam for a switched audio coder.



35 WO 2011/042464PCT/EP2010/064917 70 Embodiments according to the invention apply an
LPC-based filter in the frequency-domain for easing the transition between different coders in the
context of a switched audio codec. 5Some embodiments consequently solve the problems to design
efficient tran¥iffci§&18d#fden the three coding modes, frequency-domain ReHRRFOTENE917
(transform-codedexcitation linear-prediction-domairy and ACELP (algebraic-code-excited linear
prediction). However, in some other embodiments, it is sufficient to have only two of said modes, for
example, thepipruanedamaicodingand thactCatmods . 1erbmbadimants accardinedq the
invention oulperigr, g dalloning. AlRnBLNG. selitions: Nen-crliealysamplad ansljong between
frequency-domain coder and inear-prediction domain coder ?see, or example, reference I[04]): 15
generate nof%fical sampling, trade-off between overlapping size and overhead information, do not
use fully the capacity (time-domain-aliasing cancellation TDAC) of the MDCTs. need to send an extra
LPC setof cosfficientbodaaingongsbamnirequencdomablcaes tddsR eotlesn?GrAnplym

time-domainialiasing gangellation:CIDAGLIN differsnt domains(sas, forexamplertefersnce [5). The

LPC filtering is performed inside the MDCT between the ing and the DCT: the time-domain aliased
signal may n%"tc‘g%ué’ﬁ rg At TSP EH ARG, ana}fildn et it ié%%e é%@é‘i’ﬂfif’éeﬁﬁﬁj]an?%??fa LPC set
of coefficient¥ ¢diivyo ey ey IothErehaeriepadineats dodstiBoinet (P ooy, tevripalé LPC
coefficients imtides M&Clanpinain fbemearon-dwitdheddiog end ThwTiCd) tede, for example, reference [6]);
uses theggLPC only as a spectral envelope presentation for flattening the spectrum. It does not exploit
LpC neither g shaping e auantization naise, 39nar. for easing fhe ransltions whsn awiching to
another audio coder. Embodimerits accorc?l?lg toth presen inventio perform tﬁe"]’requ‘ency-domain
coder and the LPC coder MDCT in the same domain while still using the LPC for shaping the
quantization error im thsd#R@Tadlyrsaip!cihisimings dltwgea froamberyefcachiactaigesn@sntRC can still

be used for switching tg-aRReLABsAHa5dkE BE Bl:Rrample, reference [4]):
i35 = generaie non-critical sampling, trade-off between overlapping size and

overhead information, do not use fully the capacity (time-domain-aliasing
cancellation TDAC) of the MDCTs,

e need to send an extra LPC set of coefficients when going from frequency-
domain coder to LPD coder.

20 » Apply a time-domain aliasing cancellation (TDAC) in different domains (see,
for example, reference [5]). The LPC filtering is performed inside the MDCT
between the folding and the DCT:

¢ the time-domain aliased signal may not be appropriate for the filtering; and
¢ it is necessary to send an extra LPC set of coefficients when going from

25 the frequency-domain coder to the LPD coder.

s Compute LPC coefficients in the MDCT domain for a non-switched coder
(Twinva) {see, for exampie, reference [6]); '

e uses the LPC only as a spectral envelope presentation for flattening the

spectrum. It does not exploit LPC neither or shaping the quantization noise

30 nor for easing the transitions when switching to another audio coder.

Embodiments according to the present invention perform the freguency-domain coder and
the LPC coder MDCT in the same domain while still using the LPC for shaping the
quantization error in the MDCT domain. This brings along a number of advantages:
33
o [PC can still be used for switching to a speech-coder like ACELP.



WO 2011/042464PCT/EP2010/064917 71 Time-domain aliasing cancellation (TDAC) is possible
during transition from/to TCX to/from frequency-domain coder, the critical sampling is then maintained.
LPC is still used as a noise-shaper in the surrounding of ACELP, which makes Sit possible to use the
same objectW® fIEEBAb maximize for both TCX and ACELP, (for exarBpRERRE /¢ ased weighted
segmental SNR in a closed- loop decision process);To further conclude, it is an important aspect that
10 1. transition between transform-coded-excitation (TCX) and frequency domain (FD) are significantly
simplified/unified by@pﬁ%@%ﬁ&%ﬂﬂ%ﬁ{@%&ﬂ%@@i{l% RerRaBaendomaly anddwh 2. b
maintaining the transmijssi c? &%etla/PC cof?gflﬁé%gts o C()(f(rct e, the 5tran?|t ons hetween TCX
and ACELP can be realized s dvan ageou i Other Imp émenfahons %pplylng the LPC
filter in the time domalr’ii)a’lli’%?ﬁ@ entation AIternatlves 20 Although some aspects have been described
in the context of an app&@tustil isclearathaisthdspcaspdotswatvondpgesent BIds seniphiombésthe

corresponding method %vgﬁmxa Rlogk @fe@ﬁﬂi@%@@éfﬁépﬂﬁﬂgﬁo@ta methedestepwinfeaturaiof a
method step. Analogo ?t cflogd i ?ﬁﬁ%ﬁgéat%lgﬁt%ﬂ%%e%f%ﬂsg [eRGIgnt 2

description of a correspon ing em or feature of a cOrresponding apparatus. Some or all of
the method steps may ?W‘é%@&ﬁ@&aﬁ? (or using) a hardware apparatus, like for example, a
microprocessor, a programmable computer or an electronic circuit. In some embodiments, some one

or more of theoesiciipartan athethsiensmaehalexecuted by such an apparatus. The inventive
encodepoaudio signal can be stored on a digital storage medium or can be 30 transmitted on a

transmission medlwz such.as a wireless tra #smlsséfﬁg medium o ﬁ{?%red tdﬁansmlssmn medium such

as the Internet. Depen iy B A BRI TR MRS R A PERRe 2BRBAvention can
be implemented in haréle)réﬂ@r siesiieaniie strelificdiamBedatireealiing ferfbretearadinton35 digital
storage medium, for exadipieiatioppydisk, domME) saBilue-Ray, a CD, a ROM, a PROM, an EPROM,

an EEPROM or a @-A%"rﬂ%ﬁ{ﬁ%hghﬁ}{'Hgn‘élﬁ&%&@ﬂ'Sﬁk’a{erﬁﬁéaé?}&m%@hx’%l%ai%ﬁt%%@ thgreon, which
cooper%e (or are Capa@é%s?é&r%qpe?&%gg gi)é%tan% ACELP can be realized as advantageously as in

other implementations (when applying the LPC filter in the time domain).

Implementation Alternatives

20 Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some or all of the method steps may

25  be executed by (or using) a hardware apparatus, like for example, a microprocessor, a
programmable computer or an electronic circuit. In some embodiments, some one or more
of the most important method steps may be executed by such an apparatus.

The inventive encoded audio signal can be stored on a digital storage medium or can be
30  transmitted on a transmission medium such as a wireless transmission medimm or a wired
transmission medium such as the Internet.

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



WO 2011/042464PCT/EP2010/06491 7 72 programmable computer system such that the respective
method is performed. Therefore, the digital storage medium may be computer readable. Some
embodiments according to the invention comprise a data carrier having 5 electronically readable
control signats? Whidl24fé capable of cooperating with a programmable E&HEHtaH4pdbéMm, such that
one of the methods described herein is performed7§enerally, embodiments of the present invention
can be implemented as a computer 10 program product with a program code, the program code being

tive for thod { t t t
operative for d%gy&g?o& m)?atlr‘% ?n%% thq gh\(/fgo nqg%?eg rlg’%g% %ﬁ{gigrameggg% ns.Qn.a computer.

The progra { ore e store rrier er embodiments
comprise thé}if’oq’r% é Qﬁ?%ﬁfﬁ?ﬁ%‘? E@Vfgfrﬁ?ﬁﬁ’%tﬁ‘érﬁ%xj ®methods 15described herein, stored on a

machine readable carrier. In other words, an embodiment of the inventive method is, therefore, a
computer pregan haviignaprogiamrdiage ttor ferforainigroneoiitfie methiads deseribed fagrein, when

ihe compueLBIBEATINEARACIRMICLAAA iRl SRDAImED! of hemeaiyemetods s

therefore, a data carrier, (or a digital storage rnedium, or a co uter re um comprlsmg,
recorded the?ec%ﬁaqﬁléeg 6”?8lrgprro§?s§‘?ﬁnfo?uggrfélrmlng ofie {éghe meiﬁ %e eli’rslgrltlgx efein. The

data carrier, Eﬁ’é‘lﬂi@‘?ﬁhl storage medium or the recorded medium are typically tangible and/or non-
25transitionary. A further embodiment of the inventive method is, therefore, a data stream or a

sequence Ofé&%we%%ﬁﬁﬁ&ﬁsmﬁ W&@ﬁtpfﬁ%ﬁmnf%aﬁ%@ﬁmmﬁ%@fﬁﬁ ags described
herein:. ;The data strea orth seﬂ)uence of nﬁals may for ea%am?ne be co nfioured t e 30transferred

via a da%ta COpmr%UﬂIC%tIOH é(‘)ﬂnec on r exam In?erne %\?Betrﬁei},eerﬁf)gdrmen{lgomprlses a

processing nqaaﬁgﬂfsP@Jéafr%réhanc@mw%r%m@r%ﬁ%ﬁ%wm@%%aﬁ%%% or adapted
to perform oxedefrihp feratkrmdslcbs stibeibhesich8s GO tadt2464PCT/EP2010/064917 73 A
further embodiment according to the invention comprises an apparatus or a system configured to

transfer (for iy %lﬁb@&ﬁﬁ%&&?'8&&%@&%&%%&9%@%&% ﬁ?%@&%%{ggﬁﬁé%@{ﬂg AR athe

methods_des rein to a receiver. The rec r may, for example, be a computer, a mobile
device, @ m %i‘ﬁﬁ‘/bﬁg ‘?fgnérsitﬁée KRE, a’r‘ﬁ%%ﬂﬁé‘?%\ oF&G8tem may, for example, comprise a file server
for transferring the computer program to the receiver .

In other words, an embodiment of the inventive method is, therefore, a computer program

having a program code for performing one of the methods described herein, when the
éomputer program runs on a computer,
20
A further embodiment of the inventive methods is, therefore, a data carrier (or a digital
storage medium, or a computer-readable medium)} comprising, recorded thereon, the
computer program for performing one of the methods described herein. The data carrier,
the digital storage medium or the recorded medium are typically tangible and/or non—
25  transitionary.

A further embodiment of the inventive method is, therefore, a data stream or a sequence of

signals representing the computer program for performing one of the methods described

herein. The data stream or the sequence of signals may for example be configured to be
30 transferred via a data communication connection, for example via the Internet,

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

35
A further embodiment comprises a computer having instalied thereon the computer
program for performing one of the methods described herein.



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 10 described herein. In some
embodiments, a field programmable gate array may cooperate with a microprocessor in order to
perform oneWHtHE ¥EH¢dds described herein. Generally, the methods aRCpiFIHBIAPSformed by any
hardware apparatus. The above described embodiments are merely illustrative for the principles of the
present 15 invention. It is understood that modifications and variations of the arrangements and the
details descrg)e,ﬁ lr,eéri)n Ofl qp:%c’r_jenl to otrtriers s‘,flglllled |r(1:trr%1e art It is the intent, therefore to be
limited only by the scope o he impen n atent tlaims and not by fe ag aghe (%tarfgf)?g%ented by
way of descr?ﬁﬁgﬁ“é?‘fbt%fﬁ}%#a’ﬂo WBitrrEne bﬁﬁ?ﬁ%ﬁ?@lﬁe?él?ﬁmf@fl we c°m?utef program for
2011/042464PET/EP2016/06 4% TiRbfste Aewsibit] Honifiet) spescivendiaadisdveingaschfeme for high
“quality at lowehitrptesbe Masiaiendarbellabeinch Emdftols aretiACousiCEk SaRGhHanghIignal
Processing, 0 [ A Advanced
Audio Codin L%,;_ﬁ’?frﬁgﬁggg%%%ﬁ%%%qﬁ%%%@‘%ﬁgﬁ i ﬂ%lél&%%l@%gpqﬁ%%%s Expert
Group, 1997 FEtehded Adaptive Multi-Rate - Wideband (AMR-WB+) codec”, 3GPP TS 26.290
V6.3.0, 2005-06, Technical Specification 10 [4] "Audio Encoder and Decoder for Encoding and
Decoding AuIdimoﬁmrmpibsdiﬁdﬂ%@?ﬁBé&h&ﬁnEm%d@cid@ﬁbaqﬁafeﬁrwpleferﬁéﬂ@epr&@ﬂéi&ﬂmeatus and
Method for Eg&@%mgrpﬁwdre%gaﬁe ie-Bianabhisign an GfiaRingmndiehiREheMe.  GHARR 715PUS,
F495221dncocrgor%téi A refer ence 'ymgﬁmgualpgc?udro codrnﬁ at less than 64 kbits/s "by using
transform-domain 15wei 1ﬂte INterieave Vector quanlrzglfr0 raﬁn\ﬂla ?/éz)/m RET G SRR SRCRATT Moriya and

S. Miki, |EEEW§%§FW§§SS% inoresiinsorRaaeAbie methedsidersribed basinoPprewling a
decoded represewthtdiasf pmferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present
15 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. Tt is the intent,
therefore, Lo be limited only by the scope of the impending patent claims and not by the
specific details presented by way of description and explanation of the embodiments -
herein.
20



audio content on the basis of an encoded representation of the audio content, the 5audio signal
decoder comprising: a spectral value determinatorconfigured to obtain sets of decoded spectral
coefficients for a plurality of portions of the audio content; 10a spectrum processor configured to apply
a spectral sEpiHe2t&et of decoded spectral coefficients, or to a pre-plot&E3¥dWdfdion thereof, in
dependence on a set of linear-prediction-domain parameters for a portion of the audio content
encoded in the linear-prediction mode, and to apply a spectral shaping to a set of decoded spectral
coefficients, LaRikRIocessed version thereof, in dependence on a set of 15scale factor parameters

for a portion gt the aydjo content encoded in.the frequency- domain . mode, and. ”
frequency-d(ﬁr:%ati]ﬁ- log?f#n%r’-%ﬁsttrhgnmgc% Ver 8?151&??9%%%%%%%/0}5 %inq%\a_ﬁt*ﬁe‘al (I)?ﬁva(i%rﬁ%tﬁe’s%at}étion of the
audio conterdt@nferbeisid - ona BRE I shapeansico S rpdetst ieay dtr st eheiidntS8hor a portion

of the audio 20¢tftent encoded in the linear-prediction mode, and to obtain a time-domain representation
of the aléi?'?] Fz‘}r@é%_ﬂ&@cnéB@iﬁ@%ﬁﬁﬁ?%iﬁ?ﬁ%ﬁhﬁﬁ@ﬁéﬁkﬁ%ﬁﬁ@dﬁ%ﬂgﬁérﬁh@'lﬁ_?ff@ddﬁ{’gt.s fg_r a I
portion of t udia content en g ney- 9%515},‘% : . multi- e audio signa
decoder acc%lr%magt%ngﬂl]a%?]mﬁaﬁe?e|%1§tt§1’eelm%§@-ér§o¢% audio signaq%égci?)v er ffij)r{?u'lerf3 %n(}% ?}ges an
overlapper cQﬁ‘fi@hr@tﬂo overlap-andadd a time-domain representation of a portion of the audio
content encddedintthdelinddappinedidtibinRatsde WittebapdidviRMH-hodiecfoB @M ditcaaain the
frequency-dargain, maseo S a &nhhigipiiimats,audio signal decoder according to claim 2, wherein the
frequencydomain- 0 ime=domain canver é fi t i a ime-d rﬁ‘(ﬂi@ I ntation of the
audio (r:]lgr)i/ter{? f(l)r é‘ %(r)tior? %qf@t e %ﬁjgdi?g%)gn%gn?%ﬂ I%%%;é]l Prg tk%!eagﬁn@e}acr%)par?g%ic%on mode %%?n’g a lapped
transform, and t§°7 38Ul%tiﬁ4ﬁi]rﬂe‘-‘&8m8¥ﬁt‘?gr??’e@ Titafitn of the audio content for a portion of the
audio conteriteriéotadtis tins fhdefheddprdommedingbero disin gradagpe dimea Stsian, amdliasing wherein the
overlapper isseatifigstechto, CHORIP HPES) FHBI0 éieperiat tnsdébaubsequent portions of the audio
content encoged-giiferent ofie-BadES «f - 1the Millsmagdaaudig signal decraghAGGALing to claim
3, Wherifgn the fr%%éen%/?omalvn- o-tlme-gcz)a ain £onverter| opflg(ured t%alprklxalaﬁ%)eddt nsforms of
the same tra‘ﬁ’s‘?f%rm typ& Tor Obtaining tne: loor’ﬁegin fepresentitions of the audio content 10for portions
of the audio &6ktePttdntoti®eFin 8fferent of the modes; and wherein the overlapper is configured to
overlap-and-add the time-domain representations of subsequent portions of the audio content
encoded in different of

20



the modes such that a time-domain aliasing caused by the lapped transform is 15reduced or
eliminated. 5. The multi-mode audio signal decoder according to claim 4, wherein the overlapper is
configured to overlap-and-add a windowed time-domain representation of a first portion of the audio
content encoded in a first of the modes as provided’By an 20 associated lapped transform, or an
amplitude-scaled but spectrally undistorted version thereof, and a windowed time-domain
representation of a second subsequent portion oithgnatdio content encoded in a second of the
modes, as provided by an associated lapped transform, or an amplitude-scaled but spectrally
undistorted version thereof 25 6. The multi-mode audio signal decoder according to one of claim 1 to
5, wherein the freduBgy-asAfamdin iisead dlisaredvarer idies figeredrh Brociauaing-abafain
representations ofpdictionsoft the tiediadontat encoded iepeifiaranvof dfiehnadés sualchathihe
provided time-do%gbrglgﬁg%gggg%ﬁ{ﬁm@ggame domain in that 30 they are linearly combinable
without applying a signal'shaping filtering operation, except for a windowing transition operation, to
one or both of the provided time-domain representations.  The multi-mode audio signal decoder
according to one of simittrsll Yelés winteain the35firBgured cyted arhtiin-todimextl otnaidado rpertealis

configured to perfgsgpraiLinyesse pradifischaissress Cosing ansioiRie obtain, as a result of the 77
inverse modified discrete cosine transform, a time-domain representation of the audio content in an

audio signal domain both for a portion of the audio content encoded in the linear-prediction mode and
for a Portion of thé apefwomeEresstodudighe fregpiisicy-tmeizh thariez3@ T kel wilideeadee audio

signal decoder acgidiapda-ene-atsiaings 4 fecfreompisingsiedineatiadigipanaesinafiltesgoefficient
determinator configyred (o, biain. depoded lnearprediction;coding fter cosfficients, on. thejogsis of an
encoded 10representa?|onp of t e(ilnear-pre&]ﬁlon-codm filfeT coethcients Tor a por%n of?ﬁe audio

content encoded i the linedripreiregsmneaeand tg ARBIYCHSHRGIEM: thansisriner wdrffgteecied
transform the decgsieddineaffikeehesjur-aostingrooedficlerdmsiniorrespagciralitpprdsanialion st ofder to

obtaipslSlinear-pregictl Qfép%gsa&@{@rm%s %ﬁggieﬁﬂe%ﬂiﬁsﬁ?&& féﬁ%%?&ff&?h@f?& gagtor
determinator configured to obtain decoded s%ale actor values on the basis of an enco edn
representation of EEEIR @ alues for a portion of the audio content encoded in a

frequency-domain mode; 20
a frequency-domain-to-time-domain converter configured to obtain a time-domain
representation of the audio content on the basis of a spectrally-shaped set of
20 decoded spectral coefficients for a portion of the audio content encoded in the
linear-prediction mode, and to obtain a time-domain representation of the audio
content on the basis of a spectrally-shaped set of decoded spectral coefficients for a

portion of the andio content encoded in the frequency-domain mode.

25 2. The multi-mode audio signal decoder according to claim 1, wherein the multi-mode
andio signal decoder further comprises an overlapper configured to overlap-and-
add a time-domain representation of a portion of the audio content encoded in the
linear-prediction mode with a portion of the andio content encoded in the
frequency-domain mode. '

30 | |

3. The multi-mode audio signal decoder according to claim 2, wherein the frequency-
domain-to-time-domain converter 1s configured to obtain a time-domain
representation of the audio content for a portion of the audio content encoded in the

linear-prediction mode using a lapped transform, and to
35



wherein the spectrum processor comprises a spectrum modifier configured to combine a set of
decoded spectral coefficients associated to a portion of the audio content encoded in the
linear-prediction mode, or a pre-processed version thereof, with the linear-prediction-mode gain
values, in order to obtain a gain-processed 25 versith of the decoded spectral coefficients, in which
contributions of the decoded spectral coefficients, or of the pre-processed version thereof, are
weighted in depentience tmthédingarrgpediotienomof éhgamdvaluss sentdatspocbofigdréd tadombine a
set of decoded Spﬁﬁ{@fh%%ﬁ@féé%%@éﬁ%ﬁ@ﬁ&l@o%ﬁﬁ{%@fdﬂﬁgw%ﬁp%%%ﬁﬂﬁ9&%1 in the
frequency-domain mode, or a pre-processed version thereof, 30 with the scale factor values, in order
to obtain a scale-factor-processed version of the decoded spectral coefficients in which contributions
of the decoded speetraincdesfielsriannst of thenprand de seee ersiowereoi, mrraaigitensint
depenglence on tharsealefagtenyatugshe/A8iolhaiilinnede adigsighardecatdaeaccording to claim
8, wherein the filter coefficient transfoither is configured to transform the decoded
linear-predictioncoding filter coefficients, which represent a time-domain impulse response of a
linear-predfetion-dowimgiteronaudipaienal Asprdseatstisingstngiaibadvdisestndhs PeMansform;
and wherein the filter saefficienrt dransiovoevdgeonrfigitatedesivphellipsal - tpredigtionafdge gain

values from the Seangﬁlaae?%saeﬁ%ﬁ% géttﬂﬁﬁgga?ﬁe%ﬂdlﬂs iéﬁ%gé%?&ﬂiﬁggﬂﬂ%%%ﬁ%%ﬁiﬁﬁnts’ such

that the gain values are a functio 10magnitudes of coefficie the spectral representation. 10.
The Hulti-mode affiBosinRIddes qudia Her6Weiire Bieenhr oths madss: #dfilter coefficient

transfoimer and the combiner are configured such that a contribution of a given decoded spectral

coefficient, or of apeREOGRSSELUBISIAR 15 therenfuitia GAINEsSSALYEISIRN afihssiyen spectral

coefficient is determined by.a magnitude of a linear-prediction-mode gain valye assqciated with the
ghven decoded spERIEF IR S SCRHETARITCRIE AU Far e CHEP AL ERAHEFIE o e o

claims 1 to 9, wheheinmthées2usheibatim procdssuriis dtrviggren: suthyhtitcalepgichtirag ghacdntribution
of a giyen decodedgpestialsostigiont, or of a pre-processed version thereof, to a gain-processed
version of the given spectral coefficient increases with increasing magnitude of a
linear-prediction-mode gain value associated with the given decoded spectral coefficient, or a such

that a weighting of eedonlfibntidn aidiogian! decgdevaeshestaiberibishesinoths pretessed

version thereof, tqsa-gaMrRCesses praianekithe.givien spestiakcaelficieptdecrarsesiwit-increasing
magnitude of an associate, ectral coefficient of ectral representation. of the de d
eat preciction-dRb o o S g S R B RO Y e 80 4 10 one

of clatihs 1 to 11, HFRFeiRthBRIECHAPSEITE. detefitaBH s Kottt eBo B5RAHN invdiderted
quantization to decadied qgtientized:sde cirakvtakfied ntandndeinoreptasandetndedfand iaverdely

quantized spectral, goefficients. anf f9&peglial cagliigient i dependence an grmaonitide afa

linear-prediction-mode gain value associated with theséglven decoded spectral coefficient. 151 The
multi-mode audio@@wsﬁaéao%@%?mde%% FEpIms G 3MpHatrscaled but spectrally

undistorted version thereof.
25
6. The multi-mode audio signal decoder according to one of claim 1 to 5, wheremn the
frequency-domain-to-time-domain converter is configured to provide time-domain
representations of portions of the audio content encoded in different of the modes
such that the provided time-domain representations are in a same domain in that
30 they are linearly combinable without applying a signal shaping filtering operation,
except for a windowing transition operation, to one or both of the provided time-

domain representations.

7. The multi-mode audio signal decoder according to one of claims 1 to 6, wherein the
35 frequency-domain-to-time-domain converter is configured to perform an inverse

modified discrete cosine transform, to obtain, as a result of the



5the audio signal decoder is configured to use an intermediate linear-prediction mode start frame in
order to transition from a frequency-domain mode frame to a combined linear-prediction
mode/algebraic-code-excited linear-prediction mode frame, 10wherein the audio signal decoder is
configured to obtain a set of decoded spectral coeffidients for the linear-prediction mode start frame,
to apply a spectral shaping to the set of decoded spectral coefficients for the linear-prediction mode
start frame, or to anpeesprocebfied dessian theieofrimdopandetioe batkin Sepifsentation of the
inear-prediction-damgin RataMetafe ARaaciAled WSIENI'IR Sa B dime stomainpresaiption of
the linear-prediction mode start frame on the basis of a spectrally shaped set of decoded spectral
coefficients, and f@@%@pl?a‘g%}fqﬁﬁﬁﬂ%ﬁg’ﬁ%%%%rﬁBQré‘fﬁ/é‘lyﬂ%‘i{)’é’%ﬂfsi@@d%‘ﬁ’si ope and
a comparatively stronbdightsidefidnansiyedostepentodhe time-domain representation of the
linear-grediction mode start frame. 14. The multi-mode audio signal decoder according to claim 13,
wherein the audio_25signal decoder is configured, to overlap a right-sided. portion of a time-domain
representa%on of ﬁﬁéﬂgﬂq@rﬁgﬁ?@%ﬁ’é}ﬁ ﬂ%ﬁ‘i: P& rp?%%%r@ﬁ‘é REMMBEPIBHISIAHBH niCER LR frame
with a left-sided portion of a time-domain representation of the linear-prediction mode start frame, to

obtain a reduction, of;gagiceiiatianal ddine-damainalissing. A0 Fhemulimeds audigignal

decoder according to Sladnf 13 or ing 1A:bw.ere' tthe augéo signal de@g?r 5 c%n%%ured 0 use
linear-prediction Othain paﬁ'laeraﬁ E7S ASSEEHEE with th&ifh (équ’gtl’gegﬁl:ti bt Haflrdie M order to
initializk an algebrearecseri@tiocitt thirameppsaiitorrnodia g ddisa sofof detsdiptycapisaet #3Bportion of
the combined lineaidpsedieiéan snasieiplg ehs dis-aogdecextitatnisgar prediction mode frame following the
linear-prediction mode start frame. 80 16.A multi-mode audio signal encoder for providing an encoded
representation of an audio content on the basis of an input representation of the audio content, the
audio signal encotiefiigimpsaeifigicnt timiemincfnfisdsdndy-deomsirsonhe rdredsiglinsgto
process the input pepliesentabioin ©fdhdfatielios come at, sieclifi reprieguaiey-doroaia-represaiitation of
the aydio contenty,whersiphe reRiRBGKHQMAIR ISRIEIRRIANAN SANRHSEIRASRIUENCe of sets of

spectral coefficients;

a scale factor determinator configured to obtain decoded scale factor values on the
basis of an encoded representation of the scale factor values for a portion of the
audio content encoded in a frequency-domain mode;

20
wherein the spectrum processor comprises a spectrum modifier configured to
combine a set of decoded spectral coefficients associated to a portion of the audio
content encoded in the linear-prediction mode, or a pre-processed version thereof,
with the linear-prediction-mode gain values, in order to obtain & gain-processed

25 version of the decoded spectral coefficients, in which contributions of the decoded
spectral coefficients, or of the pre-processed version thereof, are weighted in
dependence on the linear-prediction-mode gain values, and also configured to
combine a set of decoded spectral coefficients associated to a portion of the audio
content encoded in the frequency-domain mode, or a pre-processed version thereof,

30 with the scale factor values, in order to obtain a scale-factor-processed version of
the decoded spectral coefficients in which contributions of the decoded spectral
coefficients, or of the pre-processed version thereof, are weighted in dependence on
the scale factor values.

35



10a spectrum processor configured to apply a spectral shaping to a set of spectral coefficients, or a
pre-processed version thereof; in dependence on a set of linear-prediction domain parameters for a
portion of the audio content to be encoded in the linear-prediction mode, to obtain a spectrally-shaped
set of spectral coefficients, and to apply a spectral st¥aping to a set of spectral coefficients, or a 15
pre-processed version thereof, in dependence on a set of scale factor parameters for a portion of the

audio content to bepgnsRledIpdhefisusRc-dRAR Medgaia LS PECalyshaRe dinet of
spectral coefficientsé': d a quan i Ii_j[lq%rensco((;i(la{1 conﬁg%red to f;érovi(iii% %n e?;%cg ed versio%g (tlf a
spectrally- 20 shaCBe St of spec?ra COBHICIBNES TOT t etf)aoﬂ'? Hib iR eSS oIS e SRS BE S Rcoded in
the linear-predictiéfdiadalten o risvide whigh cepksgene rsibmefiampisciratilshapwdrsst offspectral
coefficients for theipertipreaicthe audiacomentieobe greadpepdiaHiganenmedenyan Mesge
2517.T5he multi-mg(d)g aeliggrignﬁg%l g&?oder according to claim 16, wherein the time-
domain-to-frequency-%lomaln converter is configured to convert a time-domain representation of an
audio content in an audio signal domain into a frequency-domain representation of the audio content
both for a portion ehtreiaudio dirterbtdihtcanceseddmite lineanfipedidtion made: ard fginaaportion of

the audio content fo.30he encoded in %3&88%%%??%& é@%%@%ﬁ&?om% Mamps.gudio

signal encoder according to claim™16 or claim 17, main-to-frequency-domain

converter is configtFaFISHEPRNEIHET (FRREIGIRS oftiR ththdhaSrifbriAlRFs et6r Dibtaing of
frequéficy-domainrepresder ationsifon postidiib ofiberalcipresanterivto be encoded in different modes.
5 19. The multi-mode audio signal encoder according to one of claims 16 to 18, wherein the spectral

processor is.configured to selectively appl ttée spectral shaping tqQ the set of spectral coefficients, or a
pre-processed ve SHI}H%Ir"é%?fgen gboeﬁégﬁlc 68#1§rs%‘i°8f j al%-ffj%ﬁ% df § %M}gﬁ%t fs
obtained using a doteelsichtisiased ttsinalysis ofda Porticondfitive ardiceshpmtdo belentoted in the
linear-prediction naggigikithdsPE BHRACEABSH st As-facien Pararpatars phiaied UsRg A
psyctl%acoustic n}%g%! q.n{';llysis of_arg&rtis% gf ;[Qenaugi content to ealenc%ged i[[1 th ed :
frequency-domain mode. 1528 hE mutt-mode audio s@r%yg%éggcer aces fﬁantolsc ?Fﬁ%?%vherein
the audio signal eR¥ddBlaEBseses & inewarsedictiondantie e taaeciedndb Son@yain order
to decide whetherde-efwbgle-apbetieffieleiiie audio content in the linear-prediction mode or in the
frequency-domain mode. 20 21.The multi-mode audio signal encoder according to one of claims 16 to
20, wherein the multi-channel audio signal encoder is configured to encode an audio frame, which is

between a frequendy-BBitaR ottt e o eenmBheedtasramé st ek dicrhRrdamsrediction
modelélgebraic-copeseunitprblicrar predidiprahedehfthme asighiheacpredictibunoads ataitdiame, 25
wherein the multi-gagdie.audio.aignabenceder is-confiowred,ig ARRI 3 siashWindoNy Naving g,
comparatively long left-sided tranS|t|ofn slope.and a comparatively short right-sided transition slope to
the time-domain rgm%c?éﬁqaﬁ(%swn of the given speciral coefficient incréases with increasing

magnitude of a linear-prediction-mode gain value associated with the given
decoded spectral coefficient, or a such that a weighting of a contribution of a given
25 decoded spectral coefficient, or of a pre-processed version thereof, to a gain-
processed version of the given spectral coefficient decreases with increasing
magnitude of an associated spectral coefficient of a spectral representation of the

decoded linear-prediction-coding filter coefficients.

30 12.  The multi-qmode audio signal decoder according to one of claims 1 to 11, wherein
the spectral value determinator is configured to apply an inverse quantization to
decoded quantized spectral coefficients, in order to obtain decoded and inversely

quantized spectral coefficients; and

35 wherein the spectrum processor is configured to perform a quantization noise

shaping by adjusting an effective quantization step for a given decoded



300f the linear-prediction mode start frame, to obtain a windowed time-domain representation, to
obtain a frequency-domain representation of the windowed time-domain representation of the linear
prediction mode start frame, 82 to obtain a set of linear-prediction domain parameters for the
linear-prediction mode start frame, to apply a spectfél shaping to the frequency-domain representation
of the windowed 5 time-domain representation of the linear prediction mode start frame, or a
preprocessed vergiepithieseah in-gepengdrneenes theaselgineasmrediciiop: oo paaeiers, and

to encode the set 0 Iinear-g@dc'ictiqg glomain parameters gt?q thef'%pect{ally shaped 10frequency
domain represent‘gégﬁ Brthe Windowed I%rir‘{gl-}(f%r%%lﬁ rfsa%?esaen%g ion of the linear-prediction mode start

frame. 22. The multi-mode audio signal encoder according to claim 21, wherein the multi-mode audio
signal encader is Thafigultechtassedhesipeardpeedietionddingito|npatachetess asstitiateetsitith the
inear-prediction ade, SR ed00ulen lialie A AlgeliacCade-gxaing isarprediatin mode
encoder for encoding at least’a portion of the combined transfoi in-coded-excitation l[[near prediction

mode/algebraic-cBE K@ HIRE AR SHIGTCHOR BRI AR follSHiREIhEIMBE IpPdgidERCHbae start
frame. 20 23. The:omibinadodm@udiocdigtiot encddéal adeeiding tecanicedf thatarspidGitciagd, thedaudio
signal encoder cogypyising: a linear-prediction-coding filter coefficient determinator configured to
analyze a 25 portion of the audio content to be encoded in a linear-prediction mode, or a preprocessed

version thereof, to determine linear-prediction-coding filter coefficients associated with the portion of
the alilio contentwhdreietodadiinsigeairisapgreth ciof gk tBobidict-seefficlesided ripfestinabr

configured to trangdermihgdinearradistivasesbadfiltrr weeffigigats into a spectral representation, in
order to obtain linear-predictionmode gain values associated with different frequencies; a scale factor

deteiuiinator configured to analyze a portion of the audio content to 35 be encoded in the frequency

domain mode, or & prelyrocpedisdl vhision thehestt el deradathepsenrd saetdentsbuidied it the
portion of the audjpaientinde gaedeatindhe freprancy dosdaiarmedeieRdf, in dependence

15 on a set of linear-prediction-domain parameters associated therewith,

to obtain a time-domain representation of the linear-prediction mode start frame on

the basts of a spectrally shaped set of decoded spectral coefficients, and

20 to apply a start window having a comparatively long left-sided transition slope and
a comparatively short right-sided transition slope to the time-domain representation

of the linear-prediction mode start frame.

14.  The multi-mode audio signal decoder according to claim 13, wherein the audio

25 signal decoder is configured to overlap a right-sided portion of a time-domain
representation of a frequency-domain mode frame preceding the linear prediction

mode start frame with a left-sided portion of a time-domain representation of the
linear-prediction mode start frame, to obtain a reduction or cancellation of a time-

domain aliasing.

30
15.  The multi-mode audio signal decoder according to claim 13 or claim 14, wherein
the audio signal decoder is configured to use linear-prediction domain parameters
associated with the linear-prediction mode start frame in order to initialize an
algebraic-code-excited linear prediction mode decoder for decoding at least a
35 portion of the combined linear-prediction mode/algebraic-code-excited linear

prediction mode frame following the linear-prediction mode start frame.



a combiner arrangement configured to combine a frequency-domain representation of a portion of the
audio content to be encoded in the linear-prediction mode, or a pre-processed version thereof, with the
linear-prediction mode gain values, to obtain gain-processed spectral components, wherein
contributions of the spectral components of the fredifency-domain representation of the audio content
are weighted in dependence on the linear-prediction mode gain values, and to combine a

freqUenCy-@@maif}&rﬁﬁfﬁﬁmgﬂcﬁE%i@ﬁéli@ﬁc%ﬁb?q&%@v@&ﬁ?%t@n@@d‘%ﬂ%ﬂﬁ@éﬁ‘téﬁ%rﬁ@ﬂb&?ncy
domain mode, or a re-&;roce se veésiont ereof, with 10 th[e scalef{ﬁctor%, to obtain ain-grocessed
n

. spectral compone%f’ts{owog%l?n %%n}?ﬁb&ﬁlgnos 8’?%?‘118&3%8@{?5%3% joRents 3t lr?ecﬂ%t&ﬁ{é ﬁf/-%lo1 ain
representation of s audierdentemiarangeighted in dependence on the scale factors, wherein
the gain-processed spectral components form spectrally shaped sets of 15spectral coefficients. 24.A

method for providing. a decoded repre ent§,t_i n of-an audio content on the basis of an,encoded
represgntation of %h%@ﬁ(ﬁ%gé%lﬁté%gr f %erlﬁc thgg %‘é?m%?#s‘{ﬁgf Iéoccg)k%lrt% w?gastgtsp(r)?c esscgélgd%glé%ctral

coefficients for a BRIFEFRYBHABRIONS 87 Bt cihBimA ST acE insKkaps teiaset of
decoded spectral theeffichienissmaes, prehgpeacabse fragrsion-thenanf, oplepandence a@masaisoh

linear-prediction-dQ %&ggﬂgggwé&fgrc%&gg%sof the audio content encoded in a

linear-prediction mode, and applying a spectral shaping to a set of decoded spectral coefficients, or a
preprocessed version thereof, in dependence on a set of scale factor parameters for a portion of the
audiolontent encodpetina frequesscy-corfigimeh odepahd 8Gpbtaiding giim cedomainfepeesehtation of

the audio content QARG DRSS oL BRPpriEleRARsEsalpldesrdrdsRrGtaLosHizigntEfora portion
of the audio content g.ncode in the Ilnear-%rge iction modepéa d obt mmg%{a time-domain
I

representation of PREATGD AHARBRARSBISY df RUBRRPAINRSREBEIQRIBY de RSaerefietif
coefficients for a pettidmef theedigtioncontdat encodédiin thepSfiratiiemepadorsetin neddepegaps. A

method for providig @ encodsd f@@ﬁgﬁﬁ@ti@@m@t ARaguia CANieNL PRIASrBRSH BLAMIN

representation of {he audio confent, he Metiod somprising: ., BpceSsig dhe byl representation of
the audio content?fo Bbtain a requency%ed)omain Pepresenta i6n of the audio co en{f}wﬁereln the

frequency-domairt reiiedietatish sshipaeeisny sedirepredrddts b shegumcyddmaEnodpplying a
spectral shaping tebauies ebanetiiaticpeticienis ssech fireopfacrasediversion thereof, in dependence on
a set of linear-prediction domain parameters for a
a quantizing encoder configured to provide an encoded version of a spectrally-
20 shaped set of spectral coefficients for the portion of the audio content to be encoded
in the linear-prediction mode, and to provide an encoded version of a spectraliy-
shaped set of spectral coefficients for the portion of the audio content to be encoded

in the frequency-domain mode.

25 17. The multi-mode audio signal encoder according to claim 16, wherein the time-
domain-to-frequency-domain converter is configured to convert a time-domain
representation of an audio content in an audio signal domain into a frequency-
domain representation of the audio content both for a portion of the audio content to
be encoded in the linear-prediction mode and for a portion of the audio content to

30 be encoded in the frequency-domain mode.

35



10portion of the audio content to be encoded in the linear-prediction mode, to obtain a
spectrally-shaped set of spectral coefficients; applying a spectral shaping to a set of spectral
coefficients, or a pre-processed version thereof, in dependence on a set of scale factor parameters for
a portion of 15the audio content to be encoded in t#é frequency-domain mode, to obtain a
spectrally-shaped set of spectral coefficients; providing an encoded representation of a

spectrally-sfgapedyset af:fpecidrl seatlicignis fedaernRitinn:nl the uwdio) eosienite be encedad in the
linear- 20predicti mo}deugsingia,E uantizin g&codjngé and I(;eroviding al en%o ed ver.
10

spectrally-shape s%ttb?gpgé?raFéoé iGlente for aenbor Ion of the all ontent t& e%?]%'t}?c]%g:j in the
frequency domairitAi6EsTasINgTa diantiemry dasdpig 25'P6. AcEormpuaiaisrodretherpdefariiing the
method accordingdpreiatintZehof@puiienstoe the mpliterdpest bR QA BQIHeR modes.
5

19.  The multi-mode audio signal encoder according to one of claims 16 to 18, wherein

the spectral processor is configured to selectively apply the spectral shaping to the

set of spectral coefficients, or a pre-processed version thereof, in dependence on a

set of linear-prediction domain parameters obtained using a correlation-based

10 analysis of a portion of the audio content to be encoded in the linear-prediction

mode, or in dependence on a set of scale factor parameters obtained using a

psychoacoustic model analysis of a portion of the audic content to be encoded in

the frequency-domain mode.

15 20. The multi-mode audio signal encoder according to claim 19, wherein the aundio
signal encoder comprises a mode selector configured to analyze the audio content
in order to decide whether to encode a portion of the audio content in the linear-

prediction mode or in the frequency-domain mode.

20 21.  The multi-mode audio signal encoder according to one of claims 16 to 20, wherein
the multi-channel andio signal encoder is configured to encode an audio frame,
which is between a frequency-domain mode frame and a combined transform-
coded-excitation linear-prediction mode/algebraic-code-excited linear prediction
mode frame as a linear-prediction mode start frame,

25

wherein the multi-mode audio signal encoder is configured to

apply a start window having a comparatively long left-sided transition slope and a
comparatively short right-sided transition slope to the time-domain representation
30 of the linear-prediction mode start frame, to obtain a windowed time-domain

representation,

to obtain a frequency-domain representation of the windowed time-domain
representation of the linear prediction mode start frame,
35
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to obtain a set of linear-prediction domain parameters for the linear-prediction

mode start frame,

to-apply a spectral shaping to the frequency-domain representation of the windowed
time-domain representation of the linear prediction mode start frame, or a pre-
processed version thereof, in dependence on the set of linear-prediction domain
parameters, and

to encode the set of linear-prediction domain parameters and the spectrally shaped
frequency domain representation of the windowed time-domain representation of
the linear-prediction mode start frame.

The multi-mode audio signal encoder according to claim 21, wherein the multi-
mode audio signal encoder is configured to use the linear-prediction domain
parameters associated with the linear-prediction mode start frame in order initialize
an algebraic-code-excited linear prediction mode encoder for encoding at least a
portion of the combined iransform-coded-excitation linear prediction
mode/algebraic-code-excited linear prediction mode frame following the linear-

prediction mode start frame.

The multi-mode audio signal encoder according to one of claims 16 to 22, the audio

signal encoder comprising:
P

a linear-prediction-coding filter coefficient determinator configured to analyze a
portion of the audio content to be encoded in a linear-prediction mode, or a pre-
processed version thereof, to determine linear-prediction-coding filter coefficients
associated with the portion of the audio content to be encoded in the linear-

prediction mode;

a filter-coefficient transformer configured to transform the linear-prediction coding
filter coefficients into a spectral representation, in order to obtain linear-prediction-

mode gain values associated with different frequencies;

a scale factor determinator configured to analyze a portion of the audio content to
be encoded in the frequency domain mode, or a pre-processed version thereof, to
determine scale factors associated with the portion of the audio content to be

encoded in the frequency domain mode;
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a combiner arrangement configured to combine a frequency-domain representation
of a portion of the audio content to be encoded in the linear-prediction mode, or a
pre-processed version thereof, with the linear-prediction mode gain values, to
obtain gain-processed spectral components, wherein contributions of the spectral
components of the frequency-domain representation of the audio content are

weighted in dependence on the linear-prediction mode gain values, and

to combine a frequency-domain representation of a portion of the audio content to
be encoded in the frequency domain mode, or a pre-processed version thereof, with
the scale factors, to obtain gain-processed spectral components, wherein
contributions of the spectral components of the frequency-domain representation of

the audio content are weighted in dependence on the scale factors,

wherein the gain-processed spectral components form spectrally shaped sets of

spectral coefficients.

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

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

obtaining sets of decoded spectral coefficients for a plurality of portions of the

audio content;

applying a spectral shaping to a set of decoded spectral coetficients, or a pre-
processed version thereof, in dependence on a set of linear-prediction-domain
parameters for a portion of the audio content encoded in a linear-prediction mode,
and épplying a spectral shaping to a set of decoded spectral coefficients, or a pre-
processed version thereof, in dependence on a set of scale factor parameters for a

portion of the audio content encoded in a frequency-domain mode; and

obtaining a time-domain representation of the audio content on the basis of a
spectrally-shaped set of decoded spectral coefficients for a portion of the aundio
content encoded in the linear-prediction mode, and obtaining a time-domain
representation of the audio content on the basis of a spectrally-shaped set of
decoded spectral coefficients for a portion of the audio content encoded in the

frequency-domain mode.
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A method for providing an encoded representation of an audio content on the basis

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

processing the input representation of the audio content, to obtain a frequency-
domain representation of the audio content, wherein the frequency-domain

representation comprises a sequence of sets of spectral coefficients;

applying a spectral shaping to a set of spectral coefficients, or a pre-processed
version thereof, in dependence on a set of linear-prediction domain parameters for a
portion of the audio content to be encoded in the linear-prediction mode, to obtain a

spectrally-shaped set of spectral coefficients;

applying a spectral shaping to a set of spectral coefficients, or a pre-processed
version thereof, in dependence on a set of scale factor parameters for a portion of

the andio content to be encoded in the frequency-domain mode, to obtain a

spectrally-shaped set of spectral coefficients;

providing an encoded representation of a spectrally-shaped set of spectral
coefficients for the portion of the audio content to be encoded in the linear-

prediction mode using a quantizing encoding; and

providing an encoded version of a spectrally-shaped set of spectral coefficients for
the portion of the andio content to be encoded in the frequency domain mode using

a quantizing encoding.

A computer program for performing the method according to claim 24 or 25 when

the computer program runs on a computer.



