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Description 1HP&LhIE81 Bield Embodiments according to the invention ar@?gfgf’éﬂx?@ﬁﬁsaudio signal
encoder for providing an encoded representation of an audio content on the basis of an input
representation of the audio content. 15 Embodiments according to the invention are related to an
audio signal decoder for providing a decoded representation of an audio content on the basis of an

encoded repressniien sl Ao £anie Sl AP SAIR SECRIAI PR fre related o

a method for provi n encoded representation of an audip content on asis of an input

representation of th& SRIEEEaHMENeT apBaravent Methnd oo Hravitierdoiesrdsdiated to a method
for providing a decoded Répegseadatioatiofnniardio Gentoritand Sionngubersly eframencoded
representation of the audio content. fgnbegimenis B@r@rmpg}i@thﬁlgnvention are related to computer
programs for performing said methods. Embodiments according to the invention are related to a new
coding scheme for a unified speech and audio coding with low delay. Background of the Invention WO
2011/048118PCT/EP2010/065753 Description |

10  Technical Field

Embodiments according to the invention are related to an audio signal encoder for
providing an encoded representation of an audio content on the basis of an input
representation of the audio content,

15
Embodiments according to the invention are related to an audio signal decoder for
providing a decoded representation of an audio content on the basis of an encoded
representation of the audio content.

20 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.

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

Embodiments according to the invention are related to computer programs for performing
said methods.

30
Embodiments according to the invention are related to a new coding scheme for a unified
speech and audio coding with low delay.
Background of the Invention

35

In the following, the background of the invention will be briefly explained in order to
facilitate the understanding of the invention and the advantages thereof.



2 During the past decade, big effort has been put on creating the possibility to digitally store and
distribute audio contents with good bitrate efficiency. One important achievement on this way is the
definition of the International Standard ISO/IEC 14496-3. Part 3 of the Standard is related to encoding
and decoding*&t #ilitdhtents, and subpart 4 of part 3 is 5 related to geREFAFBIMEETHIng. ISO/IEC
14496 part 3, subpart 4 defines a concept for encoaing and decoding of general audio content. In
addition, further improvements have been proposed in order to improve the quality and/or to reduce
the n_efquilrled DitFaie M Eeo¥aiaRUHIQ @ﬁgken&aﬁeeaqbqt%ﬂ%@@Q@@H@g&%@gﬁﬁ@)\é@i@pﬁg \é{%}@h S.re
specifically or encoding and.deco speegh signa uch speech:optimized audio
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26.190" and W3GBY 75198 9G5S i PsERERRbr BRI Brold®drhdeBebAfétid that
there are a ritianderdof aplpiichtiossei okl al¢ovdegouldindiandnttstsecddingpaie by fpaesirable. For
examples lowetigkayis geasigdiiteaddicne mutimediagpplicationsspacaussmeliceahie.gelays result in
an “”p'easa&’iéé%?ﬁg”ﬁ%e&%&é]n:% S‘P%Q applications, er%‘.’."ﬁm"géaﬁié‘f'i‘sfﬁiﬁ%rb%% ”ré%”dntc@%{a%egc?o‘j
tradeoff between quality and bjtrate. &sometlmes requires a switching between ditferent coding
modes, depSREYRPIHLIRGHE! B MuHeTR Renaiy 150 wEavanidtforsswradh B8aiEio content bring

along the desire to change between coding modes like, for example, between a
transform-codee-exsitatianineampuadiclion: ¢eoaailsmade vhd @Bvcloped which are specifically
COde'efS'tat%ﬂ{Q&%lpgg (d\ﬂ? n&%ﬁgilgégtﬂﬁque élelléﬁa ’sfora g(.aﬁ?l%!gs[g%%chwo%ﬁgllized audio cpders

algebraic-code-excitation-linear-prediction-domain maode), or wee re g’e%ré omain mode
ERdidio contents

and a coded®EXERSHIRISin8aHroBIEHBh o FehAFbARE g et ud 48 theS2& WRlts
(or some poifoHYGfadGHigRIdGs260AE cbthehicdbibemtcodedwithia Rigiver. coding efficiency in
one of the modes, while other audio contents (or other portions of the same contiguous audio content)

can be enco Wj i iciency in a different.of the modes,.30 In view of.this situation, it
s been form B N o S e
bitrate bverHlEGHBRHIE Svitc ARG BROMHABIS: Sghiitanty detispddmititlgtthe SiBngdiiity (for
example, in tpefoutfoos.abswitshingticlidhe) dresslditiol, it hasubekastotinddhanthesswitchingchetween
different of thgpnagRs35should be compatible with the objective to have a low encoding and decoding
delay. WO 2011/048118PCTTP2010/065753 3 In view of this situation, it is an objective of the
invention to create a concept for a muhimode audio coding which brings along a good tradeoff

between bitr S &N eHcy2aidit qiahn/ g daplyavas fgsbuke epibremibriiféBoding

modes2&unmerasyioksheduventionitching between different coding modes, depending on the audio

content. It has been found that variations of the audio content bring along the desire to
change between coding meodes like, for example, between a transform-coded-excitation-
linear-prediction-domain mode and an code-excitation-linear-prediction-domain mode
(like, for example, an algebraic-code-excitation-linear-prediction-domain mode), or

25 between a frequency domain mode and a coded-excitation-linear-prediction-domain mode.
This is due to the fact that some audio contents (or some portions of a contiguous audio
content) can be encoded with a higher coding efficiency in one of the modes, while other
audio contents (or other portions of the same contiguous audio content) can be encoded
with better coding efficiency in a different of the modes.

30
In view of this situation, it has been found that it is desirable to switch between different of
the modes without requiring a large bitrate overhead for the switching and also without
significantly compromising the audio quality (for example, in the form of a switching
“chick’). In addition, it has been found that the switching between different of the modes

35  should be compatible with the objective to have a low encoding and decoding delay.,



An embodiment according to the invention creates an audio signal encoder for providing and encoded
representation of an audio content on the basis of an input representation of the audio content. The
audio signal encoder comprises a transfoi in-domain path configured 10 to obtain a set of spectral
coefficients ahdamdB818Raping information (for example, a scale factor irfOERAOYY/ 065853
linear-prediction-domain parameter information) on}he basis of a time-domain representation of a
portion of the audio content to be encoded in a transfoi domain mode, such that the spectral
coefficients describe Cledr of a.nois a for, le, scale-factor-pr cessed-or

linear- predlcctil‘f)n éom‘?tflzﬁr%mgsen}h%nﬁég) g\/ersgc;}) Q%Thge fg (]i%eggﬁtleh % thr%ngs (;jg)maln path
comprises a TEABMHCS- ity <A orHas éé?%ﬁe&o@én‘ﬁ@%fé P&twmaowafﬁrﬁ%‘i%ﬁ%n
representaticmaib tiperhiydiododeltenther svpidyre betsech viefsionitbeteofptonghtadesa windowed
representation of the audio content, and to apply a time-domain-to-frequency-domain-conversion, to
derive agetf s ectralfe[%eff‘lments from the windowed time-domain representation of the audio
content. hesz‘gﬁanu%—grghﬂflem‘o—ger also comprises a code-excited linear-prediction-domain path
(briefly designated as ACELP path) configured to obtain an code-excitation information (like, for
example, an Atgemiaidiumeze:xottiitigmoimfmhmwtmim)tamwatimeamﬁimdigmﬁmmw@milﬁ)mmméﬁgn on the
basis of a pogtiareidig ausha sementiohaensedactn & tedaexsited H}ﬁﬁ&éﬁ’&%ﬁt%ﬂ@fﬂmn

mode (also b”efaYKEj r{at gdCEELF; mololer)fJ e c];)% examglt(ree1 Zgoan ?O%ebralc ﬁodefxcnéed linear
prediction- domaln modgﬂ) ain- requen domain converter is ¢ n lgure 80 apply a
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transform-domaindpipge %ﬁ@s@ﬂﬂﬁcﬁ%%&ﬁm @ié@ﬁcﬁé‘@tﬁ&ﬁﬂ@%'@n@ﬂ@d’@ﬂ Py gubsequent 30
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cancellation infoimation is required at the transition from the portion of the audio content encoded in
the transform-domain mode to a portion of the audio content encoded in the 35 CELP mode. The
audio quality is kept at a high level by the provision of the aliasing cancellation information, and delays
are kept smalgyzmalaisgithe selection of a window independent from a maderippathichsshss subsequent
portion of the audio content is encoded. WO 201119€48118PCT/EP2010/065753 5 To summarize, an
audio encoder as discussed above combines a good bitrate efficiency with a low coding delay and still

allows for a good audio quality. In a preferred embaqdiment, the time-domain-to-frequency-domain
converter is c%)(r)c]i?flg%%%}fgc%npp yot{?%l s%a?nb Wﬁ oW QSF@\%’.‘E] &v@?ﬁgggf%?%’?}?%gﬁ?%%rgﬁﬁ?f% audio
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encoded in thextrdinsfedmrdomendnioibedpothidhtHe ourentdedriehiol theibudiecopieiiisfalowed by a
subsequent parign-ekihe ausﬂeo@@@}%ﬁat%&&w@&ﬁéﬂaﬁ%F%Qﬁaﬁ%apmmﬁg%ﬁmthe
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window centegnalig (Roalts atthe senies ofibawindandAndan RYerRhastAgriondnigh the
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maximum. The right window hal ggrﬁ%?lssvégraeﬁfaﬁ’?sﬁdeg f Sngfti%fl%g AR i v&%ﬁcﬁuﬁﬁ% FmEBw values
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monotohicallfHEEFdEeFroRHEHHaBR EEINEs VANsh Wndew s saerNght-Siowe2e Ry Pbmicr. By using
such an asynameetsic alindoywative boiing-20lage | aytcanhegwept patiwilaryhsmalicAlsachy Emphasizing
the left Wi“d%él@éfﬂé%iQ%86306(%%':?%ﬁ@@ﬁ@?%@'%&'&%’1@%@%&%H&E%H%ﬁ?‘%?rﬂé gugytion of the

audio content qul%dedi the %Elfr de are kept c aratively small. Accordingly, the aliasing

cancellation information can be %n%%gggla-%' A bitr o_%m TRt The Hﬁﬁgﬁgiﬁ‘?‘&%?@% PS8 diment,
the left windoRPRReBEHHIBROF AVSFRRITESHVEDS Bibsequenimesivvaniche andioneonight-sitedszero
portion ¢dmpthsepadbiigh of dtleast 28-3cubfriheciiodaw Maltles-afdthedight windeveha!f igaas been

found that s ' N (! l:sHief.f ication in. a lagi% er switching
between a tru%b %%wgﬁﬁ%%o@gﬁgﬁ\%%%? %ﬁﬁéﬁ%ﬁﬁ%ﬁf&%ﬁgﬂ% ﬁgi (E()e(l)r?%L I%H&eg%{fndow
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values of the igRt Window hatt of Hiepra RO IO ARG G AW BEe? FIPRIRBr than the
window centé¥ Ve epnirat enereerd ndhsversreprpivmsinimede bightifidkel ovwrirtibottine of
predeterminedicasydionettimaindlyitisvibsawutsbasteentfon od dratgicboatwingow sharedirings along
20 the transform-domain mode and if the current portion of the audio content is foliowed by a
subsequent portion of the audio content to be encoded in the CELP mode. In other words, a
knowledge about the mode in which the subsequent portion of the sudio content is
encoded, is not required for the selection of a window for the windowing of the current
portion of the audio content. Thus, the coding delay is kept small, because the windowing
25 of the current portion of the audio content can be performed before an encoding mode for
an encoding of the subsequent portion of the audio content is known. Nevertheless,
artifacts which would be introduced by the usage of a window, which is not perfectly
suited for a transition from & portion of the audio content encoded in the transform-domain
to a portion of the audio content encoded in the CELP mode, can be canceled at the
30 decoder side using the aliasing cancellation information.

Thus, a good average coding efficiency is obtained, even though some additional aliasing
cancellation information is required at the transition from the portion of the audio content
encoded in the transform-domain mode to a portion of the audio content encoded in the
35  CELP mode. The andio quality is kept at a high level by the provision of the aliasing
cancellation information, and delays are kept small by making the selection of a window
independent from a mode in which the subsequent portion of the audio content is encoded.



35comparatively small aliasing artifacts at a transition towards a portion of the audio content encoded
in the CELP mode. WO 2011/048118PCT/EP2010/065753 6 In a preferred embodiment, a non-zero
portion of the predetermined asymmetric analysis window is shorter, at least by 10 %, than a frame
length. Accortifhgh & Yklay is kept particularly small. 5in a preferred enfddiHett ¥ éSaudio signal
encoder is configured such that subsequent portior?s of the audio content to be encoded in the
transform-domain mode comprise a temporal overlap of at least 40 %. In this case the signal encoder

is also preferaplygenfigired sueh thalGuieni RN heRdie caniend taheLcatriiad,in the

transfor in-dogmain,mode andd sugs ortion of the audio centent to be encoded in the code- 10
STor | iy il guemRorgen.of the T ohe .
excited Ilnea‘r)"?iored |c‘ﬁogr?-é%%nagllﬁymg{§e comp‘r)irge a%e%%po%?%v ur?alpy The audio signal encoder is

configured to selectively provide the aliasing cancellation information, such that the aliasing
cancellation Infopreatived ativhed fo e, pheVisiordofram atissingesandeliationaigadtfos cartaling aliasing
artifacts at ay apsition-fiem: apaitie el dhaudio conteplenraieson shew anstovordamain.mode to a
portion of the, audiq cenientengodedsin he 12 GELR mads, in a0 audio signal degader, By providing a
significant oveﬁaé% etween s&f)sequent portions (for examplllel";’ fraPnes or subframes of the audio

content to b&EUREEHEY F (RBFRRBSAMABMART PRIBEL s PESSITPasd Diapshel tPRToli, like, for
example, a nudiifred tiseretbsegsime pansfonhjiforathiotincetcionmaive torfretpdemcik-d ermsifvrcenversion,

wherein a timgigabialiagingnd suabmR Ibaamﬁotfammbiaa&@m@&rwga@qagﬁmirely by
the ovelrbap b%t veen gge uent fra{%ag enco ggiintég%%]ﬁg%%@-domain mode. However, at the
i

.. 0N OFL O cont CNCO . .
transition fro?n a portion o? e audio con?er?t encode e transform-domain mode to a portion of the

audio content encoded in the CELP mode, there is also a certain temporal overlap which, however,
does not reslit in prgdenfettalibsingaran dell atiodefordoes agteveincesultivramyratiastagacédicellation).

The temporalgyRKaR.IS Mses iRIAvpitid% amexerssivamnadification ehibedraming A& fkagition
between poryrons of th? audio cchnt%n&lencod din dffferent of the modes. Howterver, for rqducing or

. JTransition, . slope, o, 1C WINQOW Valllcs 1 IlOtOIllCI!lpg IRCrease rom. Zero Of ﬁ”l .
cancellng aliasing Artifacts which arise from the over ap At A transition between portions of the audio

content encIBBHAN GRAEFENREBE thie rlga&s isecatssinhtbadafatonarf @i ROb RIVIMEI Moreover,
the aliasing iglkept tbonmpatativehfsmatediaecto thenasymwistigrottheB0apredeleiminbdiasienmetric
analysis windaMaostebnthatdbe aliasingheanceliaiion ipdermalipsAR R8s ancededd arbiaigrefficient
e SR ST Rocment, 't Audia sanel ahegder
a W

[lcgder is nfigtlﬂred.t select a window for a
. ; ? R Iy ecrease, 1o e win og .ceﬁ%er ér%lue
windowing of a‘current portion of the audio conten ch is preferably encoded in'the

transform-ddm&FPniede) THaESESE &St HrBpRIAT B S HiICHISE BB SPIBFAH e EBEME dreacediBgequent
portion28f theldugdicue bateeitvphrchubazdy| apslieAisaraliyewithasicupr ént Rpértrandofitieldudiogcontent, such
that the windawedJapesrRtaliRifl e HHY aNkRAKGRB! HBirds a portion of the audio content

encoded in the CELP mode are kept comparatively small. Accordingly, the aliasing

cancellation information can be encoded in a bitrate-efficient manner.

25  In a preferred embodiment, the left window half comprises no more than 1 % of zero
window values, and the right-sided zero portion comprises a length of at least 20 % of the
window values of the right window half. It has been found that such a window is
particularly well-suited for the application m an audio coder switching between a
transform-domain mode and a CELP mode.

30
In a preferred embodiment, the window values of the right window half of the
predetermined asymmetric analysis window are smaller than the window center value,
such that there is no overshoot portion in the right window half of the predetermined
asymmetric analysis window. It has been found that such a window shape brings along

35 comparatively small aliasing artifacts at a transition towards a portion of the audio content
encoded in the CELP mode.



audio content (which is preferably encoded in the transform-domain mode) overlaps with a WO
2011/048118PCT/EP2010/065753 7 subsequent portion of the audio content even if the subsequent
portion of the audio content is encoded in the CELP mode. The audio signal encoder is configured to
provide, in re¥bdd 4P bitletection that the next portion of the audio contePE TEERRHS/#5¢Bed in a
CELP mode, an aliasing cancellation information, vbherein the aliasing cancellation 5 infoimation
represents aliasing cancellation signal components which would be represented by (or included in) a

transform-dompainmegesreRicseRiaion iNe-sYRsEM SPIROHIR REIEAUAIR AN, AcERrdingly,

the aliasing cancellation, which,i éal rnatiyely, 1.e. in the presence of subsequent portions of the
audio content’ _8%5&%%% ?rta% i dg[ingrnﬂ?ﬁ%a aé]&?]i%\l}éﬁlb?%‘i?é %’l’r(]g{%ﬂﬁ%’dﬁi Kime
domain reprex&ttaligss®rvo 10 portions of the audio content encoded in the transform-domain
mode, is achieved on the basis of the aliasing cancellation information at a transition from a portion of

the audiq corte | - ' | fit ' ncoded in
the CELI% mglttljeg.]. %%%yg@%%%@%%ﬁgﬁ%ﬁﬁ%ﬁ%ﬁ%%%ﬁo m%?jg%ﬁ;t %?V%%@ g%%rllﬁg of the
n

portion of th’ Sl ShPBHECEBINIHE Ao ecgﬁlﬁ%@ﬁ fRAUtE FNVRIEET Helps to
reduce the dé&aporal soprefereld dnitiotiitfebt; fretiinsatorthsnsigfleguradey-dortigirptdensblter is
configured tacapilyrthies pee deteirvinesd sy tunetitavintowoees vindewing.afia eerrantfeation of the
audio contendp.be £RARARM in gbﬁsé@aﬁ%?ﬁgﬁ@mﬂe%ﬂ&% %@9%%%&%&9%&% %éf(}ga?& audio

u
content encoded in the CELP mode su_ch that portions of the audio content to be enco in the
transfogrﬁ-do?ﬁgitﬁ Wérﬁg%ﬁlﬁl}vggalﬂgiﬁﬁo o QR SS r&dSTERiH e B A S N Bfri i eR2 vindow
independent $repda el inmihichsel gtsabus podd dhesliseagaivdbtinnn®enssde suahthitdependent
from a modeti whishi@ suthsRaientportional thieeudi eopientiseacasesdithe Wineawing is also
applied Suchs-@e&afefy'e&&%zﬁigﬁﬁ%emﬂa%&% gf@aﬁm&m%&“g%&h% M&Oﬁa{g%t %P:u o

encoded in the transtorm-domajn m8 e tempo allgl overlaps with the previous portion of th

content encoﬂgaaﬁdiﬂé%ﬁfﬁl%%. %mﬂé 0B RN Sy A BN ARBIS R GECeER Mefan be
obtainet whefdiR perdons ehtvedindizedntsprdsncddedrvyidingransiifidomerarisodetasmlways (for
example, threulghguira piets of pudiasarieRbinenspdadusing JrensamePesseieries @Qasymmetric
analysis windoyt. s tisaqtAecsnaty Lo, Al whichas,of analysls, windey IS ser. which
increases the bl(g%% a}ffluency. Also, the encoder cqmpﬁ%xny_ and the decoder comp ex?ty) can be kept
very small. It A HeeH S E S 5@%[‘???7\ Q&8 A O T R e SRS B BVET O WrelI-suited
both for transitirrfro b aerarisictipsaerniirehod o ah & @Eforie dedasl mackvéroratbrdeC ELP

mode tQghe #adisfoun-demaapoecia sW6RRA10A4RL LARAIIEP R 1ALRAHBain mode.

However, at the transition from a portion of the audio content encoded in the transform-

domain mode to a portion of the audio content encoded in the CELP mode, there is also a
certain temporal overlap which, however, does not result in a perfect aliasing cancellation
{or does not even result in any ahiasing cancellation). The temporal overlap is used to avoid

25 -an excessive modification of the framing at a transition between portions of the audio
content encoded in different of the modes. However, for reducing or canceling aliasing
artifacts which arise from the overlap at a transition between portions of the audio content
encoded in different of the modes, the aliasing cancellation information is provided.
Morcover, the aliasing is kept comparatively small due io the asymmetry of the

30  predetermined asymmetric analysis window, such that the aliasing cancellation information
can be encoded in a bitrate-efficient manner, -

In a preferred embodiment, the audio signal encoder is configured to select a window for a
windowing of a current portion of the audio content (which is preferably encoded in the
35  transform-domain mode)} independent from a mode which is used for an encoding of a
subsequent portion of the audio content which overlaps temporally with a current portion
of the audio content, such that the windowed representation of the current portion of the
audio content (which is preferably encoded in the transform-domain mode) overlaps with a



previous portion of the audio content encoded in the CELP mode. It has been found that the provision
of an aliasing cancellation information is also useful at such a transition and allows to ensure a good
audio quality. 5In a preferred embodiment, the time-domain-to-frequency-domain converter is
configured to*8P g} dHedfcated asymmetric transition analysis window, wREHIEE##&&ER ¥ rom the
predetermined asymmetric analysis window, for a vgindowing of a current portion of the audio content
to be encoded in the transform-dornain and following a portion of the audio content encoded in the

CELP mode siphafaaepiaunekiiatuge ebadrdicaledmisdowaiiarbaiedransiian maxhelp o
reduce the bltrat%o&é%!’qr?acg aE%t]gEZnsn(gnjﬁlsonétl has been fo%nd that use Of(ftged'caﬁfd asymmetric

‘e 1§ Cnco 4] < O 5107 CNCOGCT IS Connaure TOV , 10
transition anzﬂyss window after fransition cﬁ)es_ not ring anng a signifrcan adgltlonéi delay,
because the GERIESHLE e tidatdd sy pRtiRLPAIERIGRUM SRR WIn SO REsHSARFB @B ed can be
made on the(&isks oiteo ramasidaswhichnis: Bitéad yrdvail afide, atthe dimehth elistigionisdiégisiied.
Accordingly, ihbrhaigmauptet aliasingranceliationinfornaton camberrducainoribgipesd for any
aliasing cancellatio igfgr atio can even be §Jimin ted.in some cases In agfr%gerreéj emb?diment,
the code-exQXBATAA Bl ChON TR Stk YL PURA S G coentaton OF e subsedien
algebraic-co8erEs REGfRudie sradticheafiBa pdh (i eiRg Pepeaiiyimiigurt dsttbarsbiaiy.an
algebraic code-excitationdne miiatibsequrdhtepbnéars pifedic tiodicl omneint pacadedtar infarmatfiom-on the
basis of a pogligRiRfife4ufia £RateRtJo-ReRREOdR InANAIRDRIRAICESE IR ons of two
Iinear-plrgdictiggig%r%?i% é%)lgﬁe (ACI:]L{EE:II_1 6@0%53 Wﬁilcht IS ufsed as the cod§-excit<i%d
Iinear-predicRor]- omain mot e3.°§y using an alg%brgié?ggd)e-n%'ng%é‘anliﬁné’ Fprlgc'ﬁ fgﬁqujé’l%gfﬁ path as
the code-excitsth fidhs-phesiusArGsMER falPrRetek i AalRPSs gfiose diRg R RinGy ctdive
achieved in mamyntasesicdnretitbodisfontacoordingte the ipveitiont cheatelaatdiasigded decoder
for providing;a decedacbrepresenialionohanaddinsentent eniie basisaian sraaded.[epresentation
of the audio conéent. Th% ﬁludloglgnna%%tlacod r com[[%r ses a&ran%lfjorm omajpl?ath conf%ug[ed to 30
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obtain atime“ﬁorﬁ‘gllﬁl%eopresee%(faﬁon of aep%ur 10 07 the BUEf6 88 ntenteResas W‘%h%alirgﬁ fon-domain

mode o theWBaliskeavduehbhelpe oreadisefieiéplty and noise shaping information. The transform
domain path comprises a frequency-domain-to-time-domain converter configured to apply a

frequenCV-dQW@?&é&ﬂéﬁ%ﬂ@H&%ﬁQ@ﬂ@Eﬂ@d@ﬁﬁiﬁ%@%ﬂ%ﬂ%&ﬁ%{ﬁvﬁﬁv\%@?é"é%ﬁﬁ%ﬁ?e‘éjOmai”
representatlc%n 0 nt from 35 the set of spectral goetflme?ts or from a gregﬁg@essed
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version '[hGTEOf‘.i e audio S|gnall gecoggr aF310 comprises a Cco -eX%I?e& ﬁﬁgg?-[glgé-a omalin path

configured tctoHeafRECHRTa-BoAIGRTE pRdbe MBS B PO GPeEP Bnd JoinerEetanréaicetdd in a
code-eRbitecelideaceptedictiondddnmaihenitite andie basisief pecdasextCitatiandiofosmation aad a linear-

WO 2011/0481LaRCTH BR2QH010AR MRdndip rafiediondpman e ameehn oA thifined
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synthesis Wir‘??j’(’)i_lwn}%"r a Windowing ot ‘a current portion | ( [
transfoim-dofiif FABEE R TEMHiAbcaipleRBfEBrID B1afR BB ohiBhtceReTdtipRtgE

transform- the audio content is encoded. The windowing is also applied such that a windowed
25  representation of a current portion of the audio content to be encoded in the transform-
domain mode temporally overlaps with the previous portion of the audio content encoded
in the CELP mode. Accordingly, a particularly simple windowing scheme can be dbtained,
wherein portions of the audio content encoded in the transform-domain mode are always
(for example, throughout a piece of audic content) encoded using the same predetermined
30  asymmetric analysis window. Thus, it is not necessary to signal which type of analysis
window is used, which increases the bitrate efficiency. Also, the encoder complexity (and
the decoder complexity) can be kept very small. It has been found that an asymmetric
analysis window, as discussed above, is well-suited both for transitions from the transform-
domain mode to the CELP mode and back from the CELP mode to the transform-domain

35 mode.

In a preferred embodiment, the audio signal encoder is configured to selectively provide an
aliasing cancellation information if the current portion of the audio content follows a



5 domain mode both if the current portion of the audio content is followed by a subsequent portion of
the audio content encoded in the transform-domain mode and if the current portion of the audio
content is followed by a subsequent portion of the audio content encoded in the CELP mode. The
audio signal §&t38E* ¥ Hnfigured to selectively provide an aliasing canceifaiEREH4FBHE the basis of
an aliasing cancellation information if the 10 current portion of the audio content is followed by a
subsequent portion of the audio content encoded in the CELP mode. This audio signal decoder is
based on the;finbng toaic eoekttiadroibhehvestheedinaefiiciencdie Buaiitvanicoding delay
can be obtaligthy HaAC I SAINGJ 2 REEHEISH RS ARMTITANLS SUANGSIR oI 2 ndowing of
a portion of th udio content encoded in the transfoini-domain mode Irrespective of whether the

subsequent BOPHEHGFESHRS EBHEAYE - coded in the transform-domain mode or in the CELP

mode. By using an asymmetric synthesis window, the low delay characteristics of the audio signal
dhecoqe éscanﬂaea ipeRR¥eDrihRIERdi) gk@ffiﬁi@ﬂ%ﬁ@ﬂtb%@ﬁéﬂﬁﬂh&ﬂaﬁé‘&ﬂ?ﬂ&%ﬁﬁ eaﬁﬁ@@e%etwe_en
the windows 0 the audio content enc in transform-domain
mode. Neverttsfl%% z)géaﬁéa%?r%% gtrét{}2 acts%\r/iv%%gﬁagééﬁ? %g%glrsi 8;\}%(% a‘ffi ﬂ?ﬂﬁ%l é%lg%% %? et%rﬁs?%nﬁlhse between
portion of th& ST XEHE APEHESHESHRRP RIS rICATSARE ardRARREIR b IS EHARIRHOBATCBRation
signal, whicleisliseteutinglip frovided:dtia tiratrsitikborfredoraapostid dofloméxampletidranfeherasdbframe) of
FhehaudioL7§mmmr@6@&ﬂ§ph§e %ﬁﬁfgﬁgﬁi@f@tﬁﬁm fmh ﬁgﬂﬁh Qt@%QQ{F@BG‘&I%%%%Q{S’O%%EP;eQCOded
in the 0 reqver,.it,shquld.be painted qut that t udig signa oder described here
compricégs th%]esg%némﬁ)drsgrrﬁgghe%p até) tf\eed Al dﬁ%es%%‘ia%eeoggg%eea; c%sacr%g %%%v%?saon c}{trgg? tl €fém’naudio
signal decodBe dBpbts RE e dedirated GRETRATEL BB LIRS AR I S aRARY SERalhenERuiciiscussed
above. 30 Indv@reféfredgsivngdivientithet frédjtiondyddom dirvdostithe -dioiain henthertiedisacainfigured to
applyf the S(?WW&%@?U{?@R%@Q %@wrgﬁémr@@mﬁé&h@ﬁwmw %Eg?%@;ﬁ@' E}‘the
transform-do: e and following a previpus, portion of the audio content encpded.in the
transform-dolgn}g%%gewbé% ] %? t%ee%(glrrae‘r%f%\{é?igﬁo}?? t_l%leaé] |0?i %Oéln%serﬁ%%ifgﬁz)wgé%dﬁngtlgu bsequent
portion of thétuBRPEBh Rt &S Esd st T {REORaIEETRALEBNTAT PR USRS iphibemeehtiBorIN of the
audio contertlissiof cwedllayie sulsseguentpoetion lof theaagidicententencoded in the CELP mode.
WO 2011/048118PCT/EP2010/065753 10 In a preferred embodiment, the predeteintined asymmetric

window comayyi window half and a,right window half The left window rises a
left-sided zer%{ %E’?ﬁ%ﬁ? é%g%@ms%légj ﬁgﬁgﬁ%?ﬁ%%yp%erfeianrﬁ?}e%#f ne'%%]l oW ‘%;gllzglgfrr%%@)lﬁicany

increase frorfiz @8 ACHRITFH CEAERFADE HISE HEARRIM dRsR ne DT p ey arprdisvesiivot portion
in whicBhe olirdownvalsbsareddargaritharnt ifouindaw sehte ivaiueredidt ionaduickaithpavimelom
comprises a s Jhadiekdivirdoysmall slsp.canumsisesahtight-sided dansition glaps dn which the
window values onogg@i ﬁé%_diee%{ﬁgggm%%@.th%%é]dg\géﬁptera/aJ eﬁo zero. It has been found that

. “EXCT o) (Which 18 Hsed 95 the codes
such a choice of the predeterrined asymmetric synthesis window resuits in gbﬁﬁrﬁbcﬁfgrﬁ?%w delay

because the Predn dB s TSR 28PdForRdn WiBHsorerbRyrsedersrblatinsatio signal
(of a previougrpdirtion-gbthenapetio cofite ntidamtoith lnegrtisidedjoentbokaihttera partimihdependent

from thestime\gansimausio;signake hthiauiant RRsHERQEthe audio content. Thus, an audio content
can be rendered with a comparatively small delay. 15In a preferred embodiment, the left-sided zero

portion comprises a length of at least 20 % of the window values of the left window half, and the right
window half SSPRSdEHB AtiadnET0Lthe BIVSBHETWAFHIGHH Yarvdio sgmal drsererolon amevagiagen an
asymmetric wénodag ispuastasatitedofoml ewl detaytap plictitidnssarfadhat sdahrappredetésmoien:
asymmetric sypihesigvingdanaisipisanelsidied fompaonesatianuith dhe AR over asiiangdo
30 obtain a time domain representation of a portion of the audio content encoded in the
transform-domain mode on the basis of a set of spectral coefficients and noise shaping
information. The transform domain path comprises a frequency-domain-to-time-domain
converter configured to apply a frequency-domain-to-time-domain conversion and a
windowing, to derive a windowed time-domain representation of the audio content from
35  the set of spectral coefficients or from a preprocessed version thereof. The audio signal
decoder also comprises a code-excited lincar-prediction-domain path configured to obtain
a time-domain representation of a portion of the audio content encoded in a code-excited
lmcar-prediction-domain mode on the basis of a code-excitation information and a linear-



20 advantageous predetermined asymmetric analysis window. In a preferred embodiment, the window
values of the left window half of the of the predetermined asymmetric window are smaller than the
window center value, such that there is no overshoot portion in the left window half of the
predetermineti @28 25 synthesis window. Accordingly, a good lowP§@EFXEE8AEHction of the
audio content can be achieved in combination with¥he above mentioned asymmetric analysis window.
Also, the window comprises a good frequency response.  In a preferred embodiment, a non-zero

portion of the.Rrgedeiprmingd asunmeisic windawsiss0shajter atleast % 4anadsame length. In
a preferred ef&?&?@@%”%é“ﬁ agg&o si%naél dgcol%ggtgs conrlefcilgured such thatt ubse‘giu nt portions of the
audio cont_encf _encoqredo'in the-trans orn-Eij omain mo le Eomﬁ?’ e aettenrcnﬁgrla Bverah'Sta ?5§‘st 40 %.
The audio sifiBfQEEgI: s B E SRR Sherudin Suierernssisdrifoihef tresiuaisienntent
encoded in thedaasiofslicdomainmodeanpdacubsetuentpoctiormaf ¢hevdedlim chatemisénaoded in the

CELP mode gampliaf & ehParal-aueral pbhe adinsianad deredelismeafigused anglrgtively

provide the aliasin cellation signal on the basis of the aliasing cancellation,information, such that
the aliasing 835%% Ié’%f?)gﬁesfigur%é(f Wge]ﬁ)i}i?a %i%geﬁﬁﬁ%ﬁb%g?%? fée}re&l Sclétst%r WURLEIs abasing
artifacts at aRPAHRRISH HemrtHe eoRieitSORIRPEHIRE dutibsedHriNPIEHEDAEATR tHeieraasiFm domain
mode) to a stiisdgd entlpottiiP efidie dhdieudintint=tdeastzd in dheiGtPionatie: By haxinga

significant ov&rlap.SeivaenauRSEAYERt ACHONS.Qf Ne.audirRNeRiBRGeReAAREIE AR Rrm-domain
mode, $ ooth transitions 5 f‘%ﬁebe btalneEd ?nd %Ii?sm %rtlfacts%Whlch magﬁresu rom the usage of

t
S0 Soricat US SRR S S, 8K celed.

a lappe traﬁ%?%% aﬂgtel??ocr_) exam e?an inverse modified discrat
Thus, by usiﬁ@%@@ﬁﬁi@éﬁt“b@lﬁr%%’rﬁ 18998ssible to enhance the coding efficiency and the smoothing
of transitions between subsequent portions (for example, frames or subframes) for a sequence of

portions of the,augigicient ausaded iB.tha FANSIOHAEIYMAN MRGSH Wadeoff between coding

efficiency, audio quality and coding delay can be obtained by using the same

15 predetermined asymmetric synthesis window for a windowing of a portion of the audio
content encoded in the transform-domnain mode irrespective of whether the subsequent
portion of the audio content is encoded in the transform-domain mode or in the CELP
mode. By using an asymmetric synthesis window, the low delay characteristics of the
audio signal decoder can be improved. The coding efficiency can be kept high by having

20 an overlap between the windows applied to subsequent portions of the audio content
encoded in the transform-domain mode, Nevertheless, aliasing artifacts which result from
an overlap in the case of transitions between portion of the audio content encoded in
different modes are canceled by the aliasing cancellation signal, which is selectively
provided at a transition from a portion (for example, frame or subframe) of the audio

25 content encoded in the transform-domain mode to a portion of the audio content encoded
in the CELP mode. Moreover, it should be pomted out that the andio signal decoder
described here comprises the same advantages as the audio signal encoder described above
and that the audio signal decoder described here is weli-suited for cooperation with the
andio signal encoder discussed above.

30
In a preferred embodiment, the frequency-domain-to-time-domain converter is configured
to apply the same window for a windowing of a current portion of the audio content
encoded in the transform-domain mode and following a previous portion of the audio
content encoded in the transform-domain mode both if the current portion of the audio

35  content is followed by a subsequent portion of the audio content encoded in the transform-
domain mode and if the current portion of the audio content is followed by a subsequent
portion of the audio content encoded in the CELP mode.



10 order to avoid inconstancies in the framing and in order to allow for the use of the predeteimined
asymmetric synthesis window independent from the encoding mode of the subsequent portion of the
audio content, the presence of a temporal overlap between the current portion of the audio content
encoded in tHEEA YA omain mode and the subsequent portion of thePAUHEE8P AT Encoded in
the CELP mode is accepted. 15 Nevertheless, artifdtts arising at such a transition are canceled by the
aliasing cancellation signal. Thus, a good audio quality at the transitions can be obtained while
maintaining Ipwcoglingdelayaag-havinghe Rigb-aveinge eodindsfficienasWn dpmefered ambodiment,
the audio signgl dceadgr s configuie s Selaet yindew:{or.a 20 windowing of grcugent partion of the
audio content Indepen entdfrom a mode which'is used for an encoding oFasd sequen por?ion of the

audio conterRWAIBh e pE THRP JFaNyiRen tdoaccuitenbissribh Bitdevavdiysomerticgietithat the
windowed remesertdtion ebthetcurrentqiortioentf thvelau ditheongbntwovdnapaalfithofamepresentation of)

a subseguentRaiaR pb s iR gPHERLRXAR JhING sHbsegyaniPartionabthe.audin. 2R cantent is

encoded in the G nade The. audo. sianal decoder s al3o, configlied fo provide, In response to a
detection that the next portion of the audio content is encoded in the CELP mode€, ah alla%lng

cancellation SifithifersEMTc s oRc Al crhishaSisgvanavtsy auss BINERISAIFOMN deeretiseRiPPotion of the
audio contenverosdechier theteansiorm it disabeam doertbtthe nekt { shbsequiett) padenaitte audio
content encogeghinctie GRELBINQIEIR0 Ay dingly.Sueh . dliasingastifasts,which roulg.bg canceled

by a tin]%-domgi[}: fepre ezré%tio{p rt?(fna,i%pvsse%lg%nte%ggi f{r: me %ncode in the fr%r}sform-domain mode
if the current portion gTe e aUHIO content was folfowe by émﬁo? iéh 8? Oesé%ﬂ(ﬁp oitént ehcoded in the
transform-ddPREIRTE RS ardiednakisa wRikythsathisig Daikbnbtivd srnaoier BdeRsHEFHBItion of the
audio contentdsniribeachfotiowaid bydiopogtienaodfttirecarrdio fordentehthe nodite damdhe Tk Pamode. Due
to this mechgggggb@i@ﬁggﬁg@gi%ggrgaw@iggﬁgpﬁm@j ftion 48)gyoided even if the subsequent
portion of the audio content is encoded in the CELP mode. WO 2011/048118PCT/EP2010/065753 12
In a preferred embodiment, the frequency-domain-to-time-domain converter is configured to apply the
predetermind® a8yriimed dpdimests WengBuifse 2AmusirRG oPer setre inssHis ot 8udio content
encoded in thé fiansfodownellesamtibellefvingrdportidn efiththauidie cdntent asi¢adethiisdhaCELP

mode, such thathartions,Qfthe Audiarenienienapded s nihe tansimkdemainmodsaLs windowed
using the same vper]?_d‘lell%gﬂflgre&io%s&aneglcgé/,rg}hr?s&s T\{%/!lntgotvv m%ependg[][t_ from a mode in which a
previous porﬁon 0 fhe audio conten 5 ERRA eé’ Andalso ﬁ}dseupcenﬁe?r{f: (ORT A Mode ST which a
subsequent pErRssLDf THBMUHidScottenielbtisdedom ropreattrmindd Hsynihetimesinnedis window
is applied suetnvthagoinsgedvechtime] deynaierépiesgnitatidiniofthe current portion of the 10 audio
content encoded in the transform-domain mode temporally overlaps with a time-domain representation

of the previoys portian of, the augdio content encoded jn the.CELP mode, Thus, the same, '
predetermined 359*}%?%%%%5?&:’% igj&élwllﬁﬁlﬁd%nfgoﬁfsgal o é“pc%i(g%ﬁg?‘ t‘ﬁg”zi‘fng%‘cf% %’ﬁt h&8ded in the

transform-doPFRgR FTBHEdrfspedan MBI T aed Al Whib A Ak aujRdeHt SReF otduananshiiBiquent
portions of thieaeidioncomtenhare mtodead. ths kicoidiuglyhd foaftibelarbdstmplecdudimsignéa decoder

imp'em?ﬁtaﬂéﬁﬁ&%ﬁl@ﬁﬁ%“ﬁlﬁ@w%&&g@?%WM%M% RAYRIARGetibeReAhRyNGSIS
window, Whl% regluce{? the bi rlat%.dema%?qﬁ In %Qereferred e&nbodlm%rl]t, thei audlonzﬁnal iecoder is
a

configured to S&fetie ﬁnpcr:gr\]/nl a2y |as[|3nagb cangléeﬂg 10 s%g%a on the'Basis Bt ‘5“’5\‘ ?ﬂ’g

cancellation tAfoTHERDIFFBRESHH ERPDH HRIBETEY tHFEP&0ERo content follows a previous portion of the
audio content encoded in the CELP mode. It has been found that it is sometimes desirable to also

handle an aligsinget At anitiemEam akestirnyefihe audio,rontenhResadad iR daeGid R mode to a

portion gf the alf_gllo actqggqtrg e g%j dalllnat%%n'g{%sf Hn-domam mode using an aliasing 25 cancellation

information. ﬁhﬁagrbeen oUNd that this tonce INgs along a good tradeoff between bitate efficiency

and delay characteristics. In another preferred embodiment, the frequency-domain-to-time-domain
converter is In a preferred embodiment, the audio signal decoder is configured such that subsequent

portions of the audio content encoded in the transform-domain mode comprise a temporal
overlap of af least 40 %. The audio signal decoder is also configured such that a current

35  portion of the audio content encoded in the transform-domain mode and a subsequent
portion of the audio content encoded in the CELP mode comprise a temporal overlap. The
audio signal decoder is configured to selectively provide the aliasing canceliation signal on

_ the basis of the aliasing canceliation information, such that the aliasing cancellation signal



configured to apply a dedicated asymmetric transition synthesis window, which is different 30 from the
predetermined asymmetric synthesis window, for a windowing of a current portion of the audio content
encoded in the transform-domain mode and following a portion of the audio content encoded in the
CELP mode. W{th#¥ B&8K!found that the presence of aliasing artifacts may Ber/&F3E845y3uch a
concept. Also, it has been found that usage of a dddicated window after a transition does not severely
compromise the low 35 delay characteristics, because the information required for the selection of

such a dedicpigd wipdewisigieadyayailableabthadimewhen sHeh @dedicatd Synthesigwindow is
applied. WO 2%]1/ 481Jd§PCT/ P2010/065753 13 In &gr ferred embodiment, thdgtodeé%ated
ic- ic
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(ACELP patifpetsitigicedeth 8sbsit-Bltihisodenfiilspie deieatiosf e lan die e omdubsested in an
algebraic-codesxuitast lihe arire chiotion-comizih imdae{ACHIR-doode) (wkdichisoode d-asithes
COde'e?(@tedc@d“B@?éb%ﬁfét?th%ﬁ'qgﬂéﬁég Q?ﬁﬂ%%s?%ﬁ?&%? ?Jsﬂﬁ @ggpgﬁéqigggg-gggtwdnformanon
and a Ilnear-gred%ctlogi&o in Qaraligeger.lnforman%nf an c}Lusm%ean algeupraljp-rc{%de-excneq
linear-predic iGh=dom In %a?]r gs 8 c’od’ei-ne&eélst?ealﬂnlegr-pr% iCtion-t omaa’llﬁsﬁ)a ,aar?)gerlﬁ%%f:éirly high
coding efficiity-dahusB s mevdrintpeilivdsisraviPeip spptsodmrerissriéstansy ®dme invention
create a methadofbingrovidingi@meheoded sefepentatioticok dfoaudimpententanctha:bsiseof an input

representatign;of %&%‘9%%%% m&f@994@5@59&/&&&_91@ﬂ@%ﬂ%ﬁﬁ%ﬁ@ﬁt%&{é%aﬂ audio
content18n the C{%zr;lstls gf a ?Qccodt%gcgeﬁiri%s ntaflt_gpgillof the audio Pcontteni1 Fugper embOdé?],ﬁgtS
according to the'in entio reate a esinpu e? pro ra%]afrclﬁ1 perfdbiing &t fea {)ﬁgeof‘%eal thods. 15
Said methodﬁrﬁ?@%meéom@?%?dgﬁhﬁﬁﬁﬁrﬁ%%@é?mﬁé%ﬁﬁ@w%%@9%9@%@scribed
audio signal srncegiemandrthe alfave descibedautio pigrabdecederpochcancbesugplesianied by any

of the features and figigionalities diraysserMiBIeRECHBeAHGG-RIABALENSAGE! aRd the audio
signal decoder, Brie I;{)escrl tion of.the F ggures Embodllgé%gts ac or%{@ o the gresent invention will
e r

be subsequesﬁ’tﬁ)ﬁeﬁg% K528 t%f(i%e rSHETRNEE SN EBRERSs B fgtir % I'—lf’g.af'i%?%?ﬁs a block

th
whie
schemdtic didgrarheieem dtifstSi REIRHCgR R Herstoing™ WncelhoYibrpisitacIncition.  Figs.
2a-2c show kigek sthemagicodiagéanagOf i ansfotrmdoniaitpaib s terisewhi then2batidiceJgnal -
encoder accqrding &91%}%&ﬁ%@%ﬁ%%&hig&%&ﬁg@?ﬂ@&@ggram of an audio signal decoder,
according to an embodiment of the invention;
In a preferred embodiment, the audio signal decoder is configured to select a window for a
20 windowing of a current portion of the audio content independent from a mode which is
used for an encoding of a subsequent portion of the audio content which overlaps
temporally with the cwrrent portion of the audio content, such that the windowed
representation of the current portion of the audio content overlaps with (a representation
of) a subsequent portion of the audio content even if the subsequent portion of the audio
25 content is encoded in the CELP mode. The audio signal decoder is also configured to
provide, in response to a detection that the next portion of the audio content is encoded in
the CELP mode, an aliasing cancellation signal to reduce or cancel aliasing artifacts at a
transition from the curent portion of the audio content encoded in the transform-domain
mode to the next (subsequent) portion of the audio content encoded in the CELP mode.
30  Accordingly, such aliasing artifacts, which could be canceled by a time-domain
representation of a subsequent audio frame encoded in the transform-domain mode if the
current portion of the audio content was followed by a portion of the audio content
encoded in the transform-domain mode, are canceled using the aliasing cancellation signal
if the current portion of the audio content is indeed followed by a portion of the audio
35 content encoded in the CELP mode. Due to this mechanism, a degradation of the quality of
the transition is avoided even if the subsequent portion of the audio content is encoded in
the CELP mode.



WO 2011/048118PCT/EP2010/065753 14 Fig. 5shows a comparison of a sine window (dotted line)
and a 0.718 analysis window (solid line), which is used in some embodiments according to the
invention; 5Fig. 6shows a comparison of a sine window (dotted line) and a 0.718 synthesis window
(solid line), WH%&\%U&“@H% some embodiments according to the invention Gig-F78HB="2 graphic
representation of a sequence of sine windows; 10 }:%g 8shows a graphic representation of a sequence
of 0.718 analysiswindows; Fig. 9shows a graphic representation of a sequence of 0.718 synthesis

windows; 15fig. Jeshausai@piie rerresqiatipashasesuenceafsnewindaws (sefig.inge) and

ACELP (Ilncztmark?y M/éthrsgl{gresr)%ﬁ% llehQW & Shi\g1 Iepre pga%(%gdof a flrs%optlon f9r a low
delay unifie analysis

eec 0-Ccodin comprlsmg a sequence o
20windows @%ﬁ@%ﬁgfmﬁmﬁﬁ%ﬁa}mfﬁmﬁ tapeoyR %%ﬁ%%‘%ﬁi@@ﬂﬁf&ﬁ%"m@)
(dotted line);akigo2sintwms @ gréphiv tept@ddhtatidn ofch anqlpertamta}ftthe sytithesisent encoded
corresponding ircthedifshartisnferdew.delay Hadiedispeschnandrasidiedacndindiascargingdo Fig. 11;
synthesis window independent from a mode in which a previous portion of the audio
content is encoded and also independent from a mode from in which a subsequent portion
of the audio content is encoded. The predetermined asymmetric synthesis window is
applied such that a windowed time domain representation of the current portion of the
10 audio content encoded in the transform-domain mode temporally overlaps with a time-
domain representation of the previous portion of the audio content encoded in the CELP
mode, Thus, the same predetermined asymmetric synthesis window is used for a portion of
the audio content encoded in the transform-domain mode independent from modes in
which the adjacent previous and subsequent portions of the audio content are encoded.
15 Accordingly, a particularly Simple audio signal decoder implementation is possible. Also,
it is unnecessary to use any signaling of the type of synthesis window, which reduces the
bitrate demand.

In a preferred embodiment, the audio signal decoder is configured to selectively provide an

20  aliasing cancellation signal on the basis of an aliasing cancellation information if the
current portion of the audio content follows a previous portion of the audio content
encoded in the CELP mode. It has been found that it is sometimes desirable to also handle
an aliasing at a transition from a portion of the audio content encoded in the CELP mode to
a portion of the audio content encoded i the transform-domain mode using an aliasing

25  cancellation information. It has been found that this concept brings along a good tradeoff
between bitrate efficiency and delay characteristics.

In another preferred embodiment, the frequency-domain-to-time-domain converter is
configured to apply a dedicated asymmetric transition synthesis window, which is different

30 from the predetermined asymmeiric synthesis window, for a windowing of a current
portion of the audio content encoded in the transform-domain mode and following a
portion of the audio content encoded in the CELP mode. It has been found that the
presence of aliasing artifacts may be avoided by such a concept. Also, it has been found
that usage of a dedicated window after a transition does not severely compromise the low

35  delay characteristics, because the information required for the selection of such a dedicated
window is already available at the time when such a dedicated synthesis window is
applied.



Fig. 13shows a graphic representation of a second option for a low delay unified-
speech-and-audio-coding using a sequence of 0.718 analysis windows (solid line), ACELP (line
marked with s ares and FAC (dotted line); 30 Fig. 14shows a graphic representation of a sequence
for the synthé’% bH¥8H8nding to the second option for low delay unified RpEEEHEHEA R iocoding
according to Fig. 13; WO 2011/048118PCT/EP20131/06 753 15 Fig. 16shows a graphic
representation of a transition from adaptive-multi-rate- wideband-plus coding (AMR-WB+) to

advanced- allﬁ'@ﬁ@ﬂ!ﬂ@d(éﬁ%ﬁaﬁ@xt kﬁém@meseacg{mm@a&e &ﬁ&%@%@&%ﬁn@)ﬁ@ winday of a

low-delay 5 od1f iscrete-cos ransf0| DCT ud COdI wit
enhanced- Icr)%v elgayrfAA (SE {fﬁgi §arh%wsagra|c%%lre rese at oﬂrﬁ) a ?%ler\?vé:n@ow of

low-delay ~ °btin a Fﬁﬁa‘ﬁ%@"dﬁ’s&%‘i‘?f’dﬁéﬁﬁé fhHsGiipL e EeRiied in an lgcbraic-code-
advanced-audiotebingt-perhdancedsiovirdetaly (AGELPLD)IHigviRbHows:d grdphiodepregentation of

an example Megoyye%ﬁamn@&ﬁ%%@m hetwesy svancedaidigcoding:enhanssdaqw-delay

(AACELD) and,a fime: domd’;l S gom‘am parameter information. By using an algebraic-code-excited

and a lincar-predi
linear-prediction-domain path as the code-excited linear-prediction-domain path, a

particularly high coding efficiency can be achieved in many cases.

10 Further embodiments according to the invention create a method for providing an encoded
. representation of an audio content on the basis of an input representation of the audio
content and a method for providing a decoded representation of an audio content on the
basis of an encoded representation of the audio content. Further embodiments according to
- the invention create a computer program for performing at least one of said methods.
15
Said methods and said computer programs are based on the same findings as the above
described audio signal encoder and the above described audio signal decoder and can be
supplemented by any of the features and functionalities discussed with respect to the andio
signal encoder and the audio signal decoder.
20

Brief Description of the Figures

Embodiments according to the present invention will be subsequently be described taking
reference 1o the enclosed figures in which:

25
Fig. 1 shows a block schematic diagram of an audio signal encoder, according to
an embodiment of the invention;
Figs. 2a-2c  show block schematic diagrams of transform domain paths for use in the
30 audio signal encoder according to Fig. 1;

Fig. 3 shows a block schematic diagram of an audio signal decoder, according to
an embodiment of the invention;

35  Figs.4a-4c  show block schematic diagrams of transform domain paths for use in the
audio signal decoder according to Fig. 3



Fig. 20shows a graphic representation of an example analysis window sequence for switching
between advanced-audio-coding-enhanced-low-delay (AACELD) and a time-domain codec; 20 Fig.
21ashows a graphic representation of an analysis window for a transition from a time-domain codec to
advanced-au%f&-z%ﬁ?ﬁﬁl-@nhanced-low-delay (AACELD); Fig. 21bshows af§re§hte ¥Eirésdntation of an
analysis window for a transition from a 25time-do 4in codec to
advanced-audio-coding-enhanced-low-delay (AAC- ELD) compared to a normal

advanced-aygio £oding-enbancedolppatiarn (A nE LiRkanalysiswngovwintig. @2sbawsigsgraphic
representation of an ,exafwh&w ’@ﬁﬁﬁ'?g(%p} L RSAUENCE, QAL %‘Mﬁ%{?ﬁﬂ%@%%‘?ﬁm o the
advanced-audio-coding-enhanced-low-delay (AAC- ELD) and a time-domain codec; I%Ig. 23ashows a
graphic representation of'8"§§Hfesis window for a transition from advanced
audio-coding-enhanced-low-delay (AAC-ELD) to a time-domain 35codec; WO
2011/048118RCF/EP201065 652 H £0de b cQiparechiod N@imealahe) and a G.718 synthesis

advanced'aUdiO'COdi“9'%ﬂiﬁlﬁ%‘?&g@g’g%‘%ﬁéﬁ%E%g@)iﬁy{&%%sé%’clﬁﬂ%ﬁ%f 19:448NPWS R graphic

representation of alternative c transition windows
mvention;
Fig. 7 shows a graphic representation of a sequence of sine windows;
10
Fig. 8 shows a graphic representation of a sequence of G.718 analysis windows,
Fig. 9 shows a graphic representation of a sequence of G.718 synthesis windows;
15 Fig. 10 shows a graphic representation of a sequence of sine windows (solid ling)
and ACELP (line marked with squares);
Fig. 11 shows a graphic representation of a first option for a low delay unified-
speech-and-audio-coding (USAC) comprising a sequence of G.718 analysis
20 windows (solid line) ACELP (line marked with squares) and forward
aliasing cancellation ("FAC™) (dotted line);
Fig. 12 shows a graphic representation of a sequence for the synthesis
corresponding to the first option for low delay unified-speech-and-audio-
25 coding according to Fig. 11;
Fig. 13 shows a graphic representation of a second option for a low delay unified-
speech-and-audio-coding using a sequence of (G.718 analysis windows
(solid line), ACELP (line marked with squares) and FAC (dotted line);
30
Fig. 14 shows a graphic representation of a sequence for the synthesis
corresponding to the second option for low delay unified-speech-and-audio-
coding according to Fig. 13; -
35  Fig 15 shows a graphic representation of a transition from advanced-audio-coding

(AAC) to adaptive-multi-rate-wideband-plus coding (AMR-WB+);



5for window sequence switching between advanced-audio-coding-enhanced- low-delay (AAC-ELD)
and a time-domain codec; Fig. 25shows a graphic representation of an alternative windowing of
time-domain signal and alternative framing; and Fig. 26shows a graphic representation of an
alternative on"f%é‘HiH&‘fﬁ@time-domain codec with TDA signals and there By XERENKY Trifical
sampling. Detailed Description of the Embodimenté% the following, several embodiments according to
the invention will be described. It should be noted here that in the embodiments described in the

following, anraigebraic- celavexeitgapineatntseictinn-damairapatihiAtdsh Rppthewithbergdescribed as
an example 20 of a code;exgiiad Incarsarediction domain NANICELE AtsARd Afatan
algebraic-codeexcited Iinear-pregi%%gn-%on%n mode (@C%LP mofc:?e) Waﬁf?be ae%gﬁ%g}’as a example
of a code-excited linear-prediction-domain mode (CELP mode). Also, an algebraic-code excitation

information Wilt.bl descrisetiasagerhinplkrshentige excratiomipformatibny 28NeVenhless, different
types ofode-excited lineasprrdigion-gomaitpatsonayile vaed msieag, el dbe AGELBIRghs

described herein. For exapy ng instead.of _Baih,.any other variant of a code-excited
linear-prediction-domain pat r%ay e u%ecﬁgﬁéé?%%xam le, an RCELP path, a LD-CELP path or a

VSELP path. 30To summarize, different concepts may be used for to implement the code-excited
linear- predidtisnt8lomain shaths wehighitiaveriprsoentwom thdt a soutbestilterimiosel of dpeeathaproduction
through linear prediction isdisgedbaithrattiestiderofderaudinanrenand attiesite ofdhg-audio

decodelr{9 and that a code gxcit @%wj&g mésﬂ ived at the encoder side by directly encoding,
without performing a trangformglénto the fzgelﬁéency dg?)nhin, an 35 excitation signal (also designated as

a stimulus signal) adapted to excite (or stimulate) a linear-prediction model (for example, a
linear-prediclitth Bynthesishfiitesr) fograneiconaressticiion thé andixeontentiodesyesepdeckinithe CELP
mode, and that the excitafigi:signalistaesiyeddisgetty andibeubpertarmmgedadeduricy-damain-to-time-
WO 2011/048118PCT/E%%OJQ§§Z§§emdomain codec:
13
Fig. 20 shows a graphic representation of an example analysis window sequence for
switching between advanced-audio-coding-enhanced-low-delay (AAC-
ELD) and a time-domain codec;

20 Fig. 2la shows a graphic representation of an analysis window for a transition from a
time-domain codec to advanced-audio-coding-enhanced-low-delay (AAC-
FLD);

Fig. 21b shows a graphic representation of an analysis window for a transition from a
25 time-domain codec to advanced-audio-coding-enhanced-low-delay (AAC-
ELD) compared to a normal advanced-audio-coding-enhanced-low-delay

(AAC-ELD) analysis window; '

Fig, 22 shows a graphic representation of an example synthesis window sequence
30 for switching between advanced-audio-coding-enhanced-low-delay (AAC-
ELD) and a time-domain codec;

Fig. 23a shows a graphic representation of a synthesis window for a transition from
advanced audio-coding-enhanced-low-delay (AAC-ELD) to a time-domain
35 codec;

Fig. 23b shows a graphic representation of a synthesis window for a transition from
advanced-audio-coding-enhanced-low-delay (AAC-ELD) to a time-domain



17 domain-conversion, from the code-excitation information at the side of the audio decoder to
reconstruct the excitation signal (also designated as a stimulus signal) adapted to excite (or stimulate)
a linear-prediction model (for example, a linear-prediction synthesis filter) for a reconstruction of the
audio contentErédH ¥ iHfthe CELP mode. 5 In other words, the CELP patd {RPHe4die* signal
encoder and in the audio signal decoder typically démbine a usage of a linear-prediction-domain
model (or filter) (which model or filter may preferably be configured to model a vocal tract) with a
“time-domain” encoding QpaQcedingariam exciaan aigRaktarsHMBLHLE SRRk REdesIdLRIsignal). In
said "time- 10 domain" e g%d&jg el dge&agigqg&p%&%(pitation signal (or stimulus signal, or residual
signal) may be encoded or ecoé a‘airec?ly“ (WI?hOUf performing a time-domain-to-frequencydomain
conversion of the excitation signal, or without performing a frequency-domain-totime-domain
conversion dfithé%excitatismsigaairpbingeapsropriate dodewoetds. dordatseoé heosingnanddecoding of
the excitation signal, diffeggnt iyes Qfeedewardsnmanae tsesivkadara nplenufmana-codewords
(or a Huffmann encoding scheme, Qr g-Huf % odi heme) may be used for encoding or
decoding the samples of 1[?1% g‘%‘ﬁat,&%@?ﬁc %t%gt B%@%éﬂ%&’odewords may form the code
excitation information). Alternatively, however, different adaptive and/or fixed codebooks may be used
for the encodiiieg28nd decsiing efthphexcifatismsigmad eptidratitive combinatipniitke slemetor 20
quantization or vector engeaingideseding(syehiinat {hgse codewords form the code excitation
information). In some embodiments, algebraic codebooks may be used for the encoding and decoding

of the excitation signal (ACELP), but different codebook types are also applicable. 25To summarize,
many differeﬁtgcaﬁ%epts ot gireete é%%ﬂﬁ@tmﬂ%aé%mﬁihvgf@ﬁé%ﬁfﬁ,tmwﬂwﬁn be used
in the CELP path. The encsidingitntidi&ctding usinbethey AGEVngentep! sevmbhgyill be described
below, should therefore only be considered as an example out of a wide variety of possibilities for the
impIementatig&a%% C;(!ELBO%ag th%%m%ggg%snignal Encoder According to Fig. 1 In the following, an
audio signal i ] iment of the invention will be described taking
reference to Fig. 1, which shows a block schematic diagram of such an audio signal encoder 100. The
audio signallertbedeickG0gssconfitgmbddonmdereadi B5tnthatineprase matibn desGribtdn audio content
and to provide, on the basis thereof, an encoded representation 112 of the audio content. The audio
signal encoder ;10 I tr r j ) hich i ' to. receive a time
domain rep?le?ssé%}(}lgﬁf)%gni%ﬁg(gﬁ S? %é%ﬁiﬁg ord%?égﬁﬁ?geﬁga%ng%%gﬁes!ﬁgtf%égn%gi%?{tﬁ% %tﬂggcﬂ:%%ént to be
encoded in 85 SOTHOABTEPISFRDASTOITEBBAAGHE WANTOINP AT BB Bbtain a set
of spedifal coéfficielatsxtRdd(Wiiahpmdic ienplovide dathat EhEqueit) forh fram dra atgibmishensing
information 126i@A HiehasidiefiieiimademainAepesemtationilaR afdheaorianeiifigeadio content
to be encoded jn 2 lransRM;ARMAR RS eIRRSTR P Pall k2D I Fanfighrerl ip-provide the

spectral coeﬁl(:l_ent_s ] _ ] ] o _
excitation information will be described as an example of a code excitation information.

25 Nevertheless, different types of code-excited linear-prediction-domain paths may be used
instead of the ACELP paths described herein. For example, instead of an ACELP path, any
other variant of a code-excited linear-prediction-domain path may be used, like, for
exampie, an RCELP path, a LD-CELP path or a VSELP path.

30  To summarize, different concepts may be used for to implement the code-excited linear-
prediction-domain path, which have in common that a source filter model of speech
production through linear prediction is used both at the side of the audio encoder and at the
side of the audio decoder, and that a code excitation information is derived at the encoder
side by directly encoding, without performing a transform into the frequency domain, an

35  excitation signal (also designated as a stimulus signal) adapted to excite (or stimulate) a
lincar-prediction model (for example, a linear-prediction synthesis filter) for a
reconstruction of the audio content to be encoded in the CELP mode, and that the
excitation signal is derived directly, without performing a frequency-domain-to-time-



5 124 such that the spectral coefficients describe a spectrum of a noise-shaped version of the audio
content. The audio signal encoder 100 also comprises an algebraic-code-excited-linear-prediction-
domain path (briefly deS| nated as ACELP path) 140 which is configured to receive a time 10 domain
representatio (1%’2]6?‘@1& rtion of the audio content to be encoded the ACEIPRBHE &t to obtain an
algebraic-code-excitation information 144 and a lin€ar-predictiondomain parameter information 146 on
the basis of a portion of the audio content to be encoded in an algebraic-code-excited
linear-predictionagio mairiotefiaischbrietly-cesignatadrasAGdLE modd) Jhaaudip sighakencoder

100 also COWfé%%s@rﬂc@'fﬁ@@&?a%oﬁ%@ﬁggﬂ %@éﬁ%@@%%@{ﬁﬁu@ :L@gQ\’a\zhéﬁgp'é(Fa{]m;d to
provide an az‘lasmg cani)? tion in ecé)%matlon iﬁgo %{e transform domain comprises

time-domaint25-FrEaIGe - HBRAGRT CO RSB h‘?éﬁr??lc?oﬁfrl&lﬁaéd% LR A kEfr‘ﬂé gag?ﬁarn
representatiéer 22ecotiacéioniof émmrhp(mtzetmm@me@uﬁ@l@ﬁhmoa@mam representation of a

portion @f the audio content to be encoded in the transform-domain mode), or a preprocessed version

thereof, to olajf, & windoweA RPEEsENaliof Abihe ﬁgﬂrpe%aa%mra n MY GRIESIBEN @pipowed
version of aPortlon of the audio cont?nt to be en%oded in the tran ain m de) egd to apply a

time-domain -t PES S EohER T BhEdTBR R HE s P usn 5 éﬁ@gﬁsr RIS Trom the
windowed (trfﬁﬁ@rdnmamfwbiné}emfm@ﬁtmmkﬁc@méﬁ@cmértim@“@@maimmequ@w@%domaun
converter 136 igccomhigueenieanpliva firadeierminad.asysrmeticanalysisseandowstos atiiadowing of
a currefy poﬁb%&f”t@z?cé&ﬂ!?&%%ﬁk{g '&Fe %Q&?Q%‘?l indhe EE@@ﬁiRﬁ'Eﬂqu‘?éﬁ %F}Bﬂ&ﬁf‘gr daligwing a
previous portion of the a te edin Lh]?e trans rm-domain mode both if the current portion
P oo B TR 5B GRS it BERCSFIG . A SHTERE 15 BEUAEBed i o
transform-dolpmaitimsodeceienip fHbcomesaiqovtima lopthé thodi putimemss fotoweeybiprmsnsequent
portion of theraudiencantesivie denescodeskiitien bl naciag. Rpheopisto sigaabaRcederhor, more
precisely, th%ﬁl&%ﬁ&g%@@&@dlﬁﬂgBMQ@@&L&&S’E &V'éﬂﬂﬂréwﬁq sCQf‘&%R%‘r &%E?BQ‘{{%QG provide an
aliasing cancellation infor a#{anl the curr tportl t e audio content (wh |s§b‘ med to be
encoded in th& t3AEB TTHSHEY % |r86v3§*%§ ﬁlé%f@ﬁ%‘@ﬁﬁp*&ﬂ?&%f’fhé MWhtent to be
encoded in thecaDRLRhvode. xdatrasd, 1o afieerdiing candeiialio tifoumalionomily secirdvitied if the
WO 2011/04834:8RGIIE P20 10(0fhad3 dieutiant pastionrof the audio eanieidvihishristiengoded in

the transfoti-dampifBodabis:(alowe:by anatheeRaiion RLiac:audinReniey! to begnepded in the
transform domal .modeé ﬁg??%ffor ES% the. same predetermin asym etric. analz;%ﬁns window is used

for a windowihg’ ’f“éw S8 CESITERT 1 B e RREERY h T %?Bﬂ% W8N dde
irrespeétive at4ukathien the sapsequerdipsdisndnghésaeititheomhern @f&@‘ﬁ@rém‘@aédtm thede
transform-dasmgin imodeamisithe. ACHhR mabedithetpregetesnioettiasmmeiiccanaly $s window

typically pro‘é@c%%iﬁ?é %.%%Qélﬂﬂgb&“&{@%%ﬁ%ﬁ%ﬁﬁr PR&W),(@& RRLBIEcodebook types are
also applicable.

25  To summarize, many different concepts for the “direct” encoding of the excitation signal
exist, which may all be used in the CELP path. The encoding and decoding using the
ACELP concept, which will be described below, should therefore only be considered as an
example out of a wide variety of possibilities for the implementation of the CELP path.

30 1. Audio Signal Encoder According to Fig. |

In the following, an audio signal encoder 100 according to an embodiment of the invention
will be described taking reference to Fig. 1, which shows a block schematic diagram of
such an audio signal encoder 100. The audio signal encoder 100 1s configured to receive an
35  input representation 110 of an audio content and to provide, on the basis thereof, an
encoded representation 112 of the audio content. The audio signal encoder 100 comprises a
transform domain path 120 which is configured to receive a time domain representation
122 of a portion (for example, frame or sub-frame) of the audio content to be encoded in



10 frames or subframes) of the audio content, which typically results in a good coding efficiency and
the possibility to perform an efficient overlap-and-add operation in the audio signal decoder to thereby
avoid blocking artifacts. However, it is typically also possible to cancel aliasing artifacts at the encoder
side by an O\V%ﬂgtﬁl-gﬂ‘tf-]éﬁd operation if two subsequent (and partly overldfptHgpBtiSHE of the audio
content are coded in the 15 transform domain modg In contrast, the usage of the predetermined
asymmetric analysis window even at a transition between a portion of the audio content encoded in

the tranSfOr%@ﬂﬁiﬂh&ﬂ?ﬁ@ﬂrﬁﬁﬂn@o&w@ﬁ@%%ﬁﬂ%ﬂ% &ff She-Audio-ERatm Iszew}mﬁpﬁiﬁgi Ea tr?e )
ACELP mo INYS: t verlap-and- aliasi ancellation, which works
well for tran iigﬂggggé?v%]eg#%%%@r%%&o%%&g% ?%leh%)aﬁ%gg%%%gnit%sn%gﬁee(? aéséglﬁ t Hg tith¢

transform-dSINERTRBIESRH S Tohe? 'efie BAVEP B EC AR B B RORGPHINP TSR R ertami{Pifiited blocks
of samples withweut arodscHlgp famdoim pathiclilériswitnbgteedadepinvidadbwipgotreh dfadBaerttsvindowing)
are encaded thiesAGELP Mmogr cpwairatidhRashepe iopacihatdt isegsiblpde wssithe,same
asymmetric gdncﬁg/gﬁﬁglil@'dow, 25 which is used at transitions between subsequent portions of the audio
content encoded in the transform-domain mode, even at a transition between a portion of the audio
content encoded in the transform-domain mode and a subsequent portion of the audio content
encoded in theeAGED Bignatienifaieral i iep camegtistion infernation ds-setéctivelysproeitiedbat such a
LranSiltion- 3QAssarpHmg bk, v fasialn AGFER yanoy-ie mich GO Byeer dBR dars/Batigguire any

nowledge . in.wWhi u i i0.content is.encoded i-Qrgler to
decide o B D D B e e e audio
content. CorlBafuaRtiy° gﬁ%ﬁ%a}%ﬂaﬁz@ﬁ?%ﬁ%@mﬁﬂwé@a Usitily $8heyHFAERTEATTAYsis
windows whishngrovideafmicr saffisienvnviddagntthalloasiforfan mffickent otrerlapliandateot dpdration at the
side of a decadededn addiion:lshessiieteigyitchiiom ailtansiasmagomaindnode,topRfyCELP

mode without signifintycampamiingiie audio el ageyas aliasiagcanseliaian gformation

e
164 is provide O 2011/048118PCT/EP2010/065753 20 at such a transition to account %r the fact

that the pred@RSTEH ASRFRCER: RHAIFEE WittloWehotsp EPRIsH ShiApteirdfSLth disRgition. In
the followingsasophietiviteldetaiiont e audio signal encoder 100 will be explained. 5 1.1.Details
Regarding the Transform Domain Path 1.1.1. Transform Domain Path According to Fig. 2a 10 Fig. 2a

shows a blogk schmatl iAGTAT. f BIANRIYTAOAN RAK 200, WNieh a2k, Ui plage of the

transform domain pat , and whi ay be cons as afr guefbfy- omain p e transform
domain path"288 rcUEE SR YA OB MR STPEPE G el the audio content (or,
20

more precisely a time domain representation of a portion of the audio content to be
encoded in the transform-domain mode), or a preprocessed version thereof, to obtain a
windowed representation of the audio content (or, more precisely, a windowed version of a
portion of the audio content to be encoded in the transform-domain mode), and to apply a
time-domain-to-frequency-domain conversion to derive a set 124 of spectral coefficients

25  from the windowed (time domain) representation of the audio content. The time-domain-
to-frequency-domain converter 130 is configured to apply a predetermined asymmetric
analysis window for a windowing of a current portion of the audio content to be encoded in
the transform-domain mode and following a previous portion of the audio content encoded
in the transform-domain mode both if the current portion of the audio content is followed

30 by a subsequent portion of the audio content to be encoded in the transform-domain mode
and if the current portion of the audio content is followed by a subsequent portion of the
audio content to be encoded in the ACELP mode.

The audio signal encoder, or, more precisely, the aliasing cancellation information
35 provision 160, is configured to selectively provide an aliasing cancellation information if
the current portion of the audio content (which is assumed o be encoded in the transform
domain mode) is followed by a subsequent portion of the audio content to be encoded in
the ACELP mode. In contrast, no aliasing cancellation information may be provided if the



15 frame to be encoded in a frequency-domain mode, wherein a frequency-domain mode is an
example for a transfoim-domain mode. The transform domain path 200 is configured to provide an
encoded set of spectral coefficients 214 and an encoded scale factor infoimation 216 on the basis of
the time domAfh 7¥pt¥¥8&Hkation 210. The transform domain path 200 compBHEELHR WfoHal
preprocessing 220 of the time domain representatib% 210, to obtain a 20 preprocessed version 220a of
the time domain representation 210. The transform domain path 200 also comprises a windowing 221,
i;‘ which the @rﬁ@&ﬁtgmﬂgfeWﬂ@%r&ﬁeﬁdwﬁ%ﬂ@@s@ebaé%ﬁasgr{]éb@&fﬁeﬁﬁ%wﬁ_;ﬁﬁnﬂs%emhde time
omain representatiqn [ to the preprocessed versior a thereo obtain a windowed time
domain repr e At S48 e B AR RO e L R R R e
mode. The Z8%&nsform domain path 200 also comprises a time-domain-to-frequency-domain
conversion 222, in which a frequency domain representation 222a is derived from the windowed time
dorgai nTSﬁprmqf&ﬁi@%z?%qusarﬂﬁ fB&m%EEH&@@ d@ﬁ%&@ﬂ& t%hﬁi}@i@%ﬂﬁ@dﬂztgﬁ f.[%all; garlr:ygdomai n I
mode. The transform domain sQ C rises,a, spectral pracessin in which a spectra
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representatiormiBigais whtaineddéar arghephe Tl thevfdemldfapsalcafregdensyndemainredeificients or
spectral coeffigignts 1fpRuANIRRNRIAMG b eRcoRiNG Ak anpliagie thesprealy seape (i.e.

spectrally shaped) frequency domain representation 223a, to_obtain the encoded set, of spectral
e O e S N e R
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relevance, whitsl¢sorysarativelypssiaih sedieckactorsomiay e dssotidiedwitinscale fadton Bands of

(coTf_para:iv@yﬁd%ﬁrm&hmw@ﬂpa{@m@@ﬁgf Q;Qr!i‘daﬁhﬂl ﬁ&aﬁtmﬁi BeAGASSIG %a&@iﬁaﬁtf@é .
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omain repres j JACC ‘ ral coeffigi cale factor bands having a higher

psychoacgui}c%&:é%léggﬁ%;%%éef?gﬁgﬁy ?ﬁ%ﬁézg%cﬁg ﬁ?g%e%r%%ﬁaﬁ%z%gﬁon accuracy by tk?e )
guantization/encoding 224 due to the higher weighting in the spectral 20 processing 223. Spectral
coefficients 2RPecodrsidiesthetofparidbdiavinpoasiblede psythonoousticmsiiviancel grie wifslotively
quantizesl wigfhlenvgriesolvinnsayotieratantizatioriennosing 224 0ue jodieibipweer@@iting in the

tral Jomain. brang t id d set of
o eetral o R A G RS et ©

representatiGR°Bf e s dhfe FARKREZIBR PHRUITCHUd SEARSTUTIbPRTTSIatioN: 28 grreanticiy
constitutes enaidedshapintlifoPmatisn heciissm thametotdenl istatwdaoios islorhalipnr@tiadescribes
the scaling oftthgispestigtieaefficients 222a in the spectral processing 223, which effectively
determipes the distribution of the quantization noise 30across the different scale factor bands. For
further details, reference is made to the literature regarding the so-called "advanced audio coding”, in

which an enc¢SENGBEX -tk YomATPAIbRdL RS IP LR RABREFhE 10 SRS RRENETHERER mode is

described. knowledge of the mode in which a subsequent portion of the audio content is encoded in
order to decide which analysis window should be used for the analysis of the current time

portion of the audio content. Consequently, a delay can be kept very small while still using

35  asymmetric analysis windows which provide for a sufficient overlap to allow for an
efficient overlap-and-add operation at the side of a decoder. In addition, it is possible to

switch from a transform-domain mode to an ACELP mode without significantly
compromising the audio quality, because aliasing canceliation information 164 is provided



35 Moreover, it should be noted that the transform domain path 200 typically processes temporally
overlapping audio frames. Preferably, the time-domain-to-frequency-domain conversion 222
comprises an execution of a lapped transform like, for example, a WO
2011/048118MEFEBHH18/065753 22 modified-discrete-cosine-transfoo (MEEFFO AT ngly, only
approximately N/2 spectral coefficients 222a are p?(gwded for an audio frame having N time domain
samples. Accordingly, an encoded set of, for example, N/2 spectral coefficients 214 is not sufficient for

perfect (or appraximatelyspeifed) Jeconstrsction fafadrane of:bitimefemaipmamplesndRather, an
overlap of tV\I‘%ﬁm%}H r#tlg%gai a&% Yéﬁ?&“é’uc%oaug (M] 8rder to perfectly (or at least approximately
oft

perfectly) reconstruct a ti ain representation e audio content. In other words, encoded sets
of spectral coefficients 214 of two subsequent audio frames are typically required, at the decoder side,
in order to cdndied fledasingincarters perals adhiapirkgivgnel tnadebidiquahbdrawplesiehcoded in the
frequengy domain mode. 10 Further details on how the aliasing is canceled at a transition from a frame
encoded in tlfq freqy&g&y]ge%@ @fid?rﬁg aoggﬁgg gﬁg%ﬁg in the ACELP mode will be described
below, however. 1 sform Domain Path According to Fig. 2b Fig. 2b shows a block
schematic diagram of a transform domaln path 230 which may take the place of the transform domain
path 120. 20Thé trdnafe i i @y e considered as a
transform-coded-excitation- linear- predlctlon domaln path, receives a time domain representation 240

of an aygio e, (g costiedina ransialm:sesed-iptonineaarenisondomain pode (also

briefly designated as TC an example of a transform
domain mod&RReGantYo BARERTA; ﬂOHEEF‘r ) |¥90fﬁfbﬂ’?@8‘%8‘ﬁ5¥c}%ﬁ&8"ai‘fi%@ﬁédo%%q%%‘icé’f spectral
coefficients 2ethzindahcoded linear-prediction-domain parameters 246, which may be considered as a
noise shaping information. The transfol in domain path 230 optionally comprises a preprocessing 250,

e o conSurEsoo I AR ongsaca & Son 2a0n ol e o earesenlalon 210

The transfoi in domain pa omprlses a linear- predlctlon domain parameter calculation 251,
which i$330 {788 1BCHrih R prANRRIh RIS Fitd HARIMHOEE 2818 BRYAS Bisis of the
time domainaspipkelsmticreedorderinaanpde dicio traefoain jyanametsh CAlE usatiodi@2stdriay, for

example, begoniiguieehtoRarier oY apeetigladian aalysis ehdhe thedamals ke sapiatien240, to
obtain the linggr-pregliciion-dema 'Mée&??]n?ﬁf?@%%s%nf 85 "ﬁ'ﬁ‘pﬁett}% LRGar &’5&%’%“8{% oggain

parameter calculation 251 ma e perfo describ e
COIpr1sSes an optlondl preprocessmg 220 of the time domdm representation 210, to obtain a

20 preprocessed version 220a of the time domain representation 210, The transform domain
path 200 also comprises a windowing 221, in which the predetermined asymmetric
analysis window (as described above) is applied to the time domain representation 210 or
to the preprocessed version 220a thereof, to obtain a windowed time domain representation
221a of a portion of the audio content fo be encoded in the frequency-domain mode. The

25 transform domain path 200 also comprises a time-domain-to-frequency-domain conversion
222, in which a frequency domain representation 222a is derived from the windowed time
domain representation 221 of a portion of the audio content to be encoded in the
frequency-domain mode. The transform domain path 200 also comprises a spectral
processing 223 in which a spectral shaping is applied to the frequency domain coefficients

30 or spectral coefficients which form the frequency domain representation 222a.
Accordingly, a spectrally scaled frequency domain representation 223a is obtained, for
example, in the form of a set of frequency domain coefficients or spectral coefficients. A
quantization and an encoding 224 is applied to the spectrally scaled (i.e. spectrally shaped)
frequency domain representation 223a, to obtain the encoded set of spectral coefficients

35 240.

The transform domain path 200 also comprises a psychoacoustic analysis 225, which is
configured to analyze the audio content, for example, with respect to frequency masking



35 the documents "3GPP TS 26.090", "3GPP TS 26.190" and "3GPP TS 26.290" of the Third
Generation Pattnership Project. WO 2011/048118PCT/EP2010/065753 23 The transform domain
path 230 also comprises an LPC-based filtering 262, in which the time domain representation 240 or
the preproce¥d2dN &I 250a thereof, are filtered using a filter which is ESfEEFEAMEE ordance with
the linear-prediction-domain filter parameters 251a7-.1Accordineg, a filtered time domain signal 262a is

obtained by the 5 filtering 262, which is based on the linear-prediction-domain parameters 251a. The
filtered time damainsigaabastRamisMindoneas i acwindawing 263 dpaRiainamindawead time domain

signal 263a. ,Fhe windowed ti main, signa a is converted into a. frequency-dom
representat b e B L ARy

nt t

coefficients 'M%a%og‘i@éﬁﬁtﬁf(tﬁé (R Em 506 - Wi SRs R SheSiT s o srsiodigs AV ihe set of
spectral coefficimatst 26halisvsubsebuontly spfintinédianc dnghdekipsachuertizitiansdyxtodiig 265, to
obtain the erﬂﬁgqe@o%eresairﬁp%@trgf&qaéficl‘d@ﬂ&s 24dors Tm(;xrawﬁf@ﬁmdé%ﬂam rath &3npleo %omﬁrises a
guantization g codj t ingar-prediction-domai rameter, a, to proyide the
encoded Iine@?—%}ge%ioc%‘%%%gg%%ﬁ %?éﬁleﬁl# Efiger %fﬁg.%eé%at?éin@mt%%rn%ﬁ%} r?aﬁé%éfn t?fgatrgﬁ\é{%rm

domain path'#88, FEHEH PSRN R SRR pridhi S6es-dsttailmdsap ereratisgion st provides
a linear-predisticmdomain fifterateinfonitatioma ity vihicimid lapplie dbcahe fileringa28Ri bk filtered

time domaingignakRE2ads suapesiaibnmphapediyersien piimedinasomaingepresentation 240 or of the
preproi%ssed version 250a thereof Generally speaking, it can be said that the filtering 262 performs a

noise shaping, such that components of the time domain representation 240, which are more
important for tHESSRSFIHMTY G e Attt SPSrgrhcaelisgy é}%ﬁi%g%dd@rﬁ&?ﬁrﬁéﬁ?éé@ﬁ‘iaﬁon 240,
are weightedlisigtde thetorsgabtraf oosnpopkentyohttedkficctom it reprdsedithtion: 3d0afhistr are less
important fon,ihaJdnielligidi ofihe astdincontentiarRr eaanied by tha dime-gagainrepmsantation 240.
Accord'”g'y'&R%%(@t'&%%ﬁ%‘f%&%&ﬁf%?l

{ snestiabeampanents.ol e Hme damaln represeniation 240
which are more important for the inte b%},ﬁ}lglo the audio content are empha5|zea over sp%ctral 30
coefficibnts PEYDHOPEL LT EVMPoAEN XA SiebRstim BRI P IHEIFRENIRIbINE o audio
content. Corisedsbatipgspbotralmyelemuttiasdoviatednith snoreaiypbept Spactray clmpanents of
tEe time dOﬂi@;HﬂeE?@&ﬁﬁﬁn@B@n .Ré&;mmgﬁf,e@gy@bﬂba)aﬂwiem%wmmgﬂa%ﬂ %ﬁﬁaza{mgﬁ accuracy
than spectra ici tra onent i Thus, the quantization noise
caused by th%%ﬁggrﬁﬁgﬁg%%%ﬁ?gdiﬁé &ls%%age@écﬁ‘%ﬁrt@@%{%ﬁﬁnﬁ&%}gﬁhﬁiﬁuﬁ%ﬁ& o the
intelligibility FFHE S 8lo 6B SN Mporéntyfe the higher weighting in the spectral

20

processing 223. Speciral coefficients 222a of scale factor bands having a lower
psychoacoustic televance are effectively quantized with lower resolution by the

quantization/encoding 224 due to their lower weighting in the spectral processing 223,

The frequency domain branch 200 consequently provides an encoded set of spectral
25  coefficients 214 and an encoded scale factor information 216, which is an encoded

representation of the scale factors 225a. The encoded scale factor information 216

effectively constitutes a noise shaping information because the encoded scale factor

information 216 describes the scaling of the spectral coefficients 222a in the spectral

processing 223, which effectively determines the distribution of the quantization noise
30 across the different scale factor bands.

For further details, reference is made to the literature regarding the so-called "advanced
audio coding", in which an encoding of a time domain representation of an audio frame in
a frequency domain mode is described.

35
Moreover, it should be noted that the transform domain path 200 typically processes
temaporally overlapping audio frames. Preferably, the time-domain-to-frequency-domain
conversion 222 comprises an execution of a lapped transform like, for example, a



WO 2011/048118PCT/EP2010/065753 24 effected less-severely by the quantization noise than
lessporta (with respect to the intelligibility of the audio content) spectral components. Accordingly,
the encoded linear-prediction-domain parameters 246 can be considered as a 5noise shaping
information, Wildi'd@&&HBes, in encoded form, the filtering 262, which had bR ApHIETd shape the
guantization noise. In addition, it should be noted that preferably a lapped transform is used for the
time- domain-to-frequency-domain conversion 264. For example, a modified-discrete-cosine- 10
transform (MRQES&%&Q@MﬁﬁeﬁﬁéﬁsMaimmU@[&m@ﬁ@@ln GQENG@E}’Gﬁ%E_ﬁCCW/QmQW, a
number of e.gﬁ@%%‘i' éd%?ﬁéﬁ%ﬁ% 'C'a&é‘gr@‘}é RrRyided by the dansiormdemain path i smaller than a
number of time domain samples of an au i0 frame. For example, an_éncoded set of W%pectral
coefficients 2¥ASTHYE5E M &URSGFSPaT-d0EkF AR e NoniBreig NethrcasAiiHsathpreecigticordingly,
a perfect (or approkihatetpispedett) netonsteativndiche i\ tirmadeimaimsainpies efrtipdeaudio frame
is not passible.ga:the basikebihe.ereadgdserabiNZsppatralcegliirienisstdd aspagiriad with said
frame. Rathet, ngP‘éﬁrﬁx%Ri&%%?‘?'feﬁ@M e&éﬁﬁ&?&%@%ﬁé.‘&%ﬁ%@%‘ SERIaREN3tR0S, ofwo
subsequent audio frames Is required to tancel a time domain aliasing, W%lctﬁ IS_caused %y t%e fact that
a smaller nuRTBEPHITGRKAVAFHE, F0F Lettiap CORATER SRSTE Aus citedf With PEsALSERE Hame of N
time domainfsansples: Thuslly isaypicdllyarebuidedotEovsidapntiotdad omaimeep reselmsitigns of two
subsequent aigie-anas.gneadedinibeubseyabi R-mrderbike deeedrisidr Juorder te.gancel
aliasinq@rtifacts in the temporal overlap region between said two subsequent frames. 25However,
mechanisms for the cancellation of aliasing at a transition between an audio frame encoded in the
TCX-LPD mEYBISh S0 08T e i e BTt TARERE E0B thSdB AT Bl bt ed below.
1.1.3. Transfoem@ombim#atnotlcdordifigme Figpded 30tRigALEsRowsla wibdk sehameadibdiagram of a
transform dogpaig,path 260, which may take the place of the transform domain path 120 in some
embodiments, and which may be considered as a transfol in-coded-excitation-linear-prediction-domain

path. 35The transform domain path 260 is configured to receive a time domain representation of an
15 1.1.2. Transform Domain Path Accordmng to Fig, 2b

Fig. 2b shows a block schematic diagram of a transform domain path 230, which may take
the place of the transform domain path 120.

20 The transform domain path 230, which may be considered as a transform-coded-excitation-
linear-prediction-domain path, receives a time domain representation 240 of an audio
frame to be encoded in a transform-coded-excitation-linear-prediction-domain mode (also
briefly designated as TCX-LPD mode), wherein the TCX-LPD mode is an example of a
transform domain mode. The transform domain path 230 is configured to provide an

25 encoded set of spectral coefficients 244 and encoded linear-prediction-domain parameters
246, which may be considered as a noise shaping information. The transform domain path
230 optionally comprises a preprocessing 250, which 18 configured to provide a
preprocessed version 250a of the time domain representation 240. The transform domain
path also comprises a linear-prediction-domain parameter calculation 251, which is

30 configured to compute linear-prediction-domain filter parameters 251a on the basis of the
time domain representation 240. The linear prediction domain parameter calculation 251
may, for example, be configured to perform a correlation analysis of the time domain
representation 240, to obtain the linear-prediction-domain filter parameters. For example,
the linear-prediction-domain parameter calculation 251 may be performed as described in

35  the documents "3GPP TS 26.090", "3GPP TS 26.190" and "3GPP TS 26.290" of the Third
Generation Partnership Project.



audio frame to be encoded in the TCX-LPD mode and provides, on the basis thereof, an encoded set
of spectral coefficients 274 and encoded linear-prediction-domain parameters 276, which may be
considered as noise shaping information. The transform domain path WO
2011/048118P2F)/BP#1%/065753 25 260 comprises an optional preproc&&Sif§ 28t ihith may be
identical to the preprocessing 250 and provide a p?éprocessed version of the time domain
representation 270. The transform domain path 260 also comprises a linear-prediction-domain

parameter caigsliadinfoZ8 ldomaishomry e ddentisapiRdhenlineatikedictiomdomainpaiaeseies 5
caloulation Zg, apdbisn eravides ear predision-doman ieo Baramelsrs, 28R, Ths fransform
domain path 260 also comprises aﬂnear-,predF?:tlgn-dﬁomaln-to-spec ra -aomé_un conversion %82, which
is configuredtd HeEe R the finEAHSHEERCHIBN A6RHEARCAISH Darln tBFEr 28I LCkRa-ty Brovidetsn die
basis thereofzeespétdSdemaisasireke ntafiber 2B 2imof dhandine sipre ditions daraaiedfiber tharameters.
The transfoimidanaraNathidbl badsehaampiisesaineRwigk283rirhishJs configiirgddeeceive the

time domain representat 7 the rocessed version 2 thereof.and to provide. a windowed
time domaintgl?lgB n;g?%%@ag%#% g (rsngé - 1_ o%ﬁﬁg-%eﬁfg%ge‘ﬁﬁé%ﬂéﬁ%%ggb P?vg%g%% igﬁn%\?g e
time-domain® A RomEh BEM RSO RlopravitieReh < dF SPRIFRICEHdEHSPEaa. The set
of spectral cdeffigierinre8atisispoytrallynprboessed-itcg Bperitahpiocassiogidb 285 id-dpteixample, each
of the spectrajicoeffidents eddadracabeddnaceordancenitd amasraskaiad yallirjthesagetral
domalny fepresgniation 282eqlhe Inearseredictionsdamein iter paiameters Assordingly, g set o
scaled (l.e. spectrally s ap:cli?ls yectral c%eftfrlments g‘éga is Obtained. A &uan{'za lon and an encoding
286 is applictiiBiHe sét W@ﬁ%ﬁ%ﬁﬁéﬁ%&éﬁimﬁ%w BeatdincantenesERr setisiEtectral
coefficients 2#4. Thus, 20 spectral coefficients 284a, for which the associated value of the spectral
domain representation 282a comprises a comparatively large value, are given a comparatively high
weight in thergpachiakRrocsssing 28k Mbila Spectialicqelliienys Rt faryihish ihspssogiated value
of the spectral domain representation 282a comprises a cgm aratively smé’l??,/afl& , are given a
comparativeRPEHalisF HeRy AP Re RPEEF S Hroctsiitg @@ﬁ?d%hﬁée, F@feteHiRERRtcERRapplied to
the spectral doeficipamzse84aidhen deriving the spectral coefficients 285a, wherein the weights are
determined by the values of the spectral domain representation 282a. Electively, the transfoun
domain path r imilar speciral shapi ) sform domain path 230, even
though the slgg%%gﬁ qggﬁl&éggér r?ﬁggsbydt rg%ggegé’%}%%%%ggﬂé fé%}g?abtﬁe:ﬂ%ﬁg%ﬁ%nt aé'filter bank
262. Again, IHENIFEL- AR BH AR T HHEP Bt afn St8FS Y4t TR S SH M ERED dHiEin a
quantiZftionfefrcodhingn 288 atovbistaily tinp ket ouldle | ikamgréictibirs dOtrmih paradosteirs 236 35The
encoded linemzpradictiga-Aamainpasamelris 37 Ghdessiibgeinanepraeedddomatheneiseshaping
which is perfﬁ@fﬁ%ge@%&h&eﬁ.@&cgﬁaﬂ@&géﬁ 'Ei%r%%_ﬂy speaking, it can be said that the filtering 262

performs a noise shaping, such that components of the time domain representation 240,

which are more important for the intelligibility of the audio signal described by the time

25  domain representation 240, are weighted higher than spectral components of the time
domain representation 240 which are less important for the intelligibility of the audio
content represented by the time domain representation 240. Accordingly, spectral
coefficients 264a of spectral components of the time domain representation 240 which are
more mmportant for the intelligibility of the audio content are emphasized over spectral

30 coefficients 264a of spectral components which are less important for the intelligibility of
the audio content.

Consequently, spectral coefficients associated with more important spectral components of
the time domain representation 240 will effectively be quantized with higher quantization
35 accuracy than spectral coefficients of spectral components of lower importance. Thus, the
quantization noise caused by the quantization/encoding 250 is shaped such that more
tmportant (with respect to the intelligibility of the audio content) spectral components are



WO 2011/04 8PCT/EP2010/065753 26 Again, it should be noted that the .
time-domain-to-frequency-domain conversion 284 is preferably performed using a lapped transfonn,
such that the encoded set of spectral coefficients 274 typically comprises a smaller number of, for
example, N/é@%@fﬁﬁf%%ffmmnts when compare a number of, for exfrﬁﬂ‘é})"l{ilﬂw{é"d%maln
samples of an 5 audio frame. Thus, a perfect (or a d%)%)roxmately perfect) reconstruction of an audio
frame encoded in the TCX-LPD frame is not possible on the basis of a single encoded set of spectral
coefficients 2féctEnibgsstévarigomai repesantaiionsofiiiue Bubsegueniaudia ages enteded in the

TCX-LPD mgda; %M%@ Q’e%ﬁﬂ:%?&t?@ﬂe@tgﬁec%{b&%ﬁ%d'o signal decoder in order to cancel

aliasing artifacts. 10 However, a concept for the cancellation of the aliasing artifacts at a transition from
an audio frame encoded in the TCX-LPD mode to an audio frame encoded in the ACELP mode will be
described beloperdBel?. hetaitoReé darding eHistgsloman Qonemeses dd trede Peasidtion Demain Path
In the fodlowingsseimsidetaiisreganding thelalgalait-cadedexgied; inealaradiciondairiapath 140

will be d.escrg)tgglg Og]g‘lélaqd%g %I?hg m&%tmqg%es a linear-prediction-domain parameter calculation

150, which may identical to the Ilnear prediction-domain parameter calculation 251 and to the
linear-prediction-domain parameter calculation 281 in some cases. The ACELP path 140 also

comprises aln AdElimmeiciaidh bompadation nsfralnich ismwdfigersidns provide fan IRCEDP-excitation
information kgzémdepertense e tnedgoaroreresentatins, 14235 tfaqpaienobihe audio
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In 30 additiogy#he1AGELRpat 1d0ecomprisesral quariiatiornandendadingvi®a abihe audio
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20  an audio frame of N time domam samples. Thus, it is typically required to overlap time

domain representations of two subsequent audio frames encoded in the TCX-LPD mode at

the decoder side in order to cancel aliasing artifacts in the temporal overlap region between

said two subsequent frames.

25  However, mechanisms for the cancellation of aliasing at a transition between an audio
frame encoded in the TCX-LPD mode and a subsequent audio frame encoded in the
ACELP mode will be described below.

1.1.3. Transform Domain Path According to Fig. 2¢
30

Fig. 2¢ shows a block schematic diagram of a transform domain path 260, which may take
the place of the transform domain path 120 in some embodiments, and which may be
considered as a transform-coded-excitation-linear-prediction-domain path.

35  The transform domain path 260 is configured to receive a time domain representation of an
audio frame to be encoded in the TCX-LPD mode and provides, on the basis thereof, an
encoded set of spectral coefficients 274 and encoded linear-prediction-domain parameters
276, which may be considered as noise shaping information. The transform domain path



In the following, some details regarding the aliasing cancellation information provision 5160 will be
explained, which is used to provide the abasing cancellation information 164. It should be noted that,
preferably, the aliasing cancellation information is selectively provided a transition from a portion of the
audio contenfvé’rﬁ%yg%qﬁsthe transform domain mqde (for example in the ?@H@gﬂﬁﬁfﬁgﬁ%in mode or
in the TCX-LPD mode) to a 10 subsequent portionzéf the audio content encoded in the ACELP mode,
while the provision of an aliasing cancellation informnation is omitted at a transition from a portion of
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comprise a synthesis result computation 170, which.is configured to compute a synthesis result signal
170a such tﬁsws%mﬁ?sﬁg RSt BIGRRCT764 T é@ﬁﬂﬁ) SRGESREWHIEH WP 85 S0 be

obtained in dnrgudionsignagadcdtier By antinghdieimalrdectdingrol thenturrennporion ofthd mudio
content on therRagimehthe Bejwrhopastialcesficierss 124 prditke nalseoshppinglintematian 126. The
synthesis resylf sighal L7 9&@%@%%%%%@&8@@%{ r@rsrﬁ%ﬂgHEf’g&%Z@d which @y %l%%e@%&f‘gve the

input representation 110 of t udip content. The error ¢ tation 172 may compare, the synthesis
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weight in the spectral processing 285, while spectral coefficients 284a, for which the

associated value of the spectral domain representation 282a comprises 2 comparatively
small value, are given a comparatively smaller weight in the spectral processing 285. Thus,
25 different weights arc applied to the spectral coefficients 284a when deriving the spectral
coefficients 285a, wherem the weights are determined by the values of the spectral domain

representation 282a.

Electively, the transform domain path 260 performs a similar spectral shaping as the
30  transform domain path 230, even though the spectral shaping is performed by the spectral
processing 285, rather than by the filter bank 262,

Again, the linear-prediction-domain filter parameters 281a are quantized and encoded in a
quantization/encoding 288, to obtain the encoded linear-prediction-domain parameters 276.

35  The encoded lincar-prediction-domain parameters 276 describe, in an encoded form, the
noise shaping which is performed by the spectral processing 285.



5 characteristics of the error signal 172a, to obtain the aliasing cancellation information 164 such that
the aliasing cancellation information describes the error signal 172a in a bitrateefficient manner. Thus,
the abasing cancellation information 164 allows for a decoder-sided reconstruction of an aliasing
cancellation 268&8?‘0&?%}?5 adapted to reduce or gyen eliminate aliasing BRI A hsition from a
portion of the audio content encoded in the 10tran2¥ orm-domain mode to the subsequent portion of the
audio content encoded in the ACELP mode. Different encoding concepts may be used for the error
encoding 174ghar exsmgle bharubasignzl friainmibe arepded/ ivadiequanayidemainiencoding
(which comprises,gi15,i &{T‘Egﬂl Oz frﬁﬁﬂ@%&%ﬁﬂ'”sﬁgﬂvﬁﬁ'% té}l@&fé’dns%?%‘ﬁ@e‘ééhlfes and a
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such an audfcﬁm%an@féi@ddlér todl" %W@@-Q@aﬁﬁemm@a%wdﬁm@%ﬁ\?éd%ﬁn Pheaudidio signal
decoder 30Gsignapadigireddorkeeivearianeotigdrefresentation 310 of an audio content and to
providg,;on the basis thereof, a decoded representation 312 of the audio content. 35 The audio signal

decoder 300 %}V Erlses a transfor domalng%ath 3§ A qé chis co% ured to recejve gset,of spectral
coefficients 395 AHd & SR RL IR iREBFMIEOR 3540 REAFRARHBHA B h AR 6 9 c#hfigured to
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mode will be described below.

15 1.2, Details Regarding the Aleebraic-Code-Excited Linear-Prediction-Dornain Path

In the following, some details regarding the algebraic-code-excited-linear-prediction-
domain path 140 will be described.

20  The ACELP path 140 comprises a linear-prediction-domain parameter calculation 150,
which may identical to the linear-prediction-domain parameter calculation 251 and to the
linear-prediction-domain parameter calculation 281 in some cases. The ACELP path 140
also comprises an ACELP excitation computation 152, which is configured to provide an
ACELP excitation information 152 in dependence on the time domain representation 142

25  of a portion of the audio content to be encoded in the ACELP mode and also in
dependence on the linear-prediction-domain parameters 150aa (which may be linear-
prediction-domain filter parameters) provided by the linear-prediction-domain parameter
calculation 150. The ACELP path 140 also comprises an encoding 154 of the ACELP
excitation information 152, to obtain the algebraic-code-excitation information 144. In

30  addition, the ACELP path 140 comprises a quantization and encoding 156 of the linear-
prediction-domain parameter information 150a, to obtain the encoded linear-prediction-
domain parameter information 146. It should be noted that the ACELP path may comprise
a functionality which is similar to, or even equal to, the functionality of the ACELP coding
described, for example, in the documents "3GPP TS 26.090", "3GPP TS 26.190" and

35 “3GPP TS 26.290" of the Third Generation Partnership Project. However, different
concepts for the provision of the algebraic-code-excitation information 144 and the linear-
prediction-domain parameter information 146 on the basis of the time domain
representation 142 may also be applied in some embodiments.



29 portion of the audio content encoded in a transform domain mode (for example, a frequency
domain mode or a transform-coded-excitation-linear-prediction-domain-mode) on the basis of the set
of spectral coefficients 322 and the noise shaping information 324. The audio signal decoder 300 also
comprises arV4g8brat8i¢dde-excited linear-prediction- 5 domain path 340FGHEFP2010/065753
algebraic-code-excited-linear-prediction-domain p&t?w 340 is configured to receive an
algebraic-code-excitation information 342 and a linear-predictiondomain parameter information 344.
The algebraic-code-excited linear-prediction-domain path 340 is configured to obtain a time domain

representaliqn, 346,01 & partion e audio content eneader I (s algebraie-code-excited
liner-prediction-do ) ' - -EX info'illation 342 and the
linear-prediction-domain parameter information 344. The audio signal decoder 300 further comprises
an aliasing centell&tigrwsignabprodidets36Qandiigh s conrBoy editacleceilvendraliasingroancellation

information 363 andyodayise, %@Q&ltﬂ%&%5{@ﬁhﬁﬁ@@ﬁh@%ﬁbﬁ%%&%ﬂ@%ﬁﬁ%ﬂgﬂ% 3g4. The audio
p

signal decoder 300 is further configured to combine, for example using a combining 380, the time
domain representation 326 of a portion of the audio content encoded in the transform-domain mode

and the timetHSR4IA RepROSEhiRbrrsdedin Sbepbliftacor iHEcHATRY dBfBrtEHcdtselsrHdYACELP
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noise shaping information 126.
20
Ag described above, a time domain representation obtained by the decoding of a single
audio frame on the basis of the set of spectral coefficients 124 and on the basis of the noise
shaping information 126 comprises a time domain aliasing, which is caused by the use of a
lapped transform in the time-domain-to-frequency-domain conversion and also in the
25  frequency-domain-to-time-domain converter of an audio decoder.

The aliasing cancellation information provision 160 may, for example, comprise a
synthesis result computation 170, which is configured to compute a synthesis result signal
170a such that the synthesis result signal 170a describes a synthesis result which will also
30 be obtained in an audio signal decoder by an individual decoding of the current portion of
the audio content on the basis of the set of spectral coefficients 124 and the noise shaping
information 126. The synthesis result signal 170a may be fed into an error computation
172, which may also receive the input representation 110 of the audio content. The error
computation 172 may compare the synthesis result signal 170a with the input
35 representation 110 of the audio content and provide an crror signal 172a. The error signal
172a describes a difference between a synthesis result obtainable by an asudio signal
decoder and the input representation 110 of the audio content. As a main contribution of
the error signal 172 is typically determined by a time domain aliasing, the error signal 172



WO 2011/048118PCT/EP2010/065753 30 encoded in the transform-domain mode) is followed by a
subsequent portion of the audio content encoded in the ACELP mode. Regarding the functionality of
the audio signal decoder 300, it can be said that the audio 5 signal decoder 300 is capable of providing
a decoded répfetdfifith 312 of an audio content, portions of which are eéldslR i Mffétent modes,
namely in a transfoiin-domain mode and an ACELP°mode. For a portion (for example, a frame or a
subframe) of the audio content encoded in the transform domain mode, the transform domain path 320
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2011/048118PCT/EP2010/065753 31 However, the aliasing at a transition from a portion of the audio
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in the ACELR,/pode dasaduagd (o Y iminaigd; By the aliasing cancellation signal 364 provided by
the aliasing cancellation signal provider 360. For this purpose, the aliasing 5 cancellation signal
provider 360 evaluates the aliasing cancellation infoimation and provides, on the basis thereof, a time
domain aliasing cancellation signal. The aliasing cancellation signal 364 is added, for example, to a
right-sided h2lf (or Awmsholemkibbtsidedipentidm):ob &itinke domain representation of, for example, N
time doygain samples provided for a portion of the audio content encoded in the transform-domain

mode by thehtlr%s}gﬁrg}mng,

the encoded audio representation 112 provided by the audio signal encoder 100 and to

an audio signal decoder will be described, which is configured to receive

decode said encoded representation of the audio content. Fig. 3 shows a block schematic
diagram of such an audio signal decoder 300, according to an embodiment of the

30  invention.

The audio signal decoder 300 is configured to receive an encoded representation 310 of an
audio content and to provide, on the basis thereof, a decoded representation 312 of the
audio content.

35
The audio signal decoder 300 comprises a transform domain path 320, which is configured
to receive a set of spectral coefficients 322 and a noise shaping information 324. The
transform domain path 320 is configured to obtain a time domain representation 326 of a



10 domain path to reduce or even eliminate a time domain aliasing. The aliasing cancellation signal
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portion of the audio content encoded in the ACELP mode does not overlap a time domain
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Domain Path i .
encoded in the transform-domain mode and the time domain representation 346 of a

20  portion of the audio content encoded in the ACELP mode, to obtain the decoded
representation 312 of the audio content, '

The transform domain path 320 comprises a frequency-domain-to-time-domain converter
330 which 1s configured to apply a frequency-domain-to-time-domain conversion 332 and

25  a windowing 334, to derive a windowed time domain representation of the audio content
from the set of spectral coefficients 322 or a preprocessed version thercof. The frequency-~
domain-to-time-domain converter 330 is configured to apply a predetermined asymmetric
synthesis window for a windowing of a current portion of the audio content encoded in the
transform-domain mode and following a previous portion of the audio content encoded in

30  the transform-domain mode both if the current portion of the audio content is followed by
a subsequent portion of the audio content encoded in the transform-domain mode and if the
current portion of the audio content is followed by a subsequent portion of the audio
content encoded in the ACELP mode.

35 The audio signal decoder (or, more precisely, the aliasing cancellation signal provider 360)
is configured to selectively provide an aliasing cancellation signal 364 on the basis of an
aliasing cancellation information 362 if the current portion of the audio content (which is



In the following, details regarding the transform domain path 320 will be given. For this purpose,
examples of implementations of the transform path 320 will be described. 2.1.1. Transform Domain
Path According to Fig. 4a  Fig. 4a shows a block schematic diagram of a transform domain path 400,
which may ta‘fﬁ% tHEBHLE of the transform domain path 320 in some emb(’)’&%ﬁ%"rﬁg%%%?aing to the 20
invention, and which may be considered as a frequency-domain path. The transfoin domain path 400
is configured to receive an encoded set of spectral coefficients 412 and an encoded scale factor
information 44ésdeherirabsfensiaenaainpaibodeDiisfensiigansd 1aaviseepimerdemadnigpresentation

416 of a portign of the. aidig, Zrcaptent engrded in the frequency domain mode. The transform domain
path 400 comprises a decoding and inverse quantization 420, which receives the encoded set of
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spectra}I rocessing, égcgql coefficients 420a agéze,mul iplied with respective assoc[atei)d scale
factors, To oBEHR B0 SLAfir et AT B RITL T 26 IR NG G i R AU0 hay also
comprise a flegeretless dbmaivtbetimé-smeieih eontieiion 223 apshikied coifigimdditamecéve the
scaled specaiaprifitientsnd22a and pqieridosHRithe; basisithareofhaatinadiohait: sigak423a. For

example, th%ﬂﬁ‘é%%&%l%ﬁ@'?ﬁgﬁ“ﬂ?}?ﬁ@@éﬁ GONERIANMNAYBRAN INVRrsalanredtapsiorm, like,

for example, an inyerse modified discrete, cosing transform. Accordingly, the | .
frequency-dORARHRImA. 1 SEHAIN CRIVEIEICA ST ik BRRIGEPOFLMRoS, SLHHRE U dhain
represéftatioticaRppins-apdieilaaniion sapmites Bnthisecvarizianion] 3%atbel (§pecthafigdshidpmed) spectral
coefficients 437ainl hepicansiviomsdeadirpath 400 mMdy-alsacampesemydationing 424sfomch is
applied to thg time domain signal 423a. For example, a predetermined asymmetric synthesis window,
as mentioned above, and as discussed in more detail below, may be

However, the aliasing cancellation is more difficult at a fransition from a portion of the

25  audio content (for example, a frame or a subframe) encoded in the transform-domain mode
to a subsequent portion of the audio content encoded in the ACELP mode. Preferably, the
time domain representation for a frame or a subframe encoded in the transform domain
mode temporally extends into a time portion (typically in the form of a block) for which
(non-zero) time domain samples are provided by the ACELP branch. Further, a portion of

30  the audio content encoded in the transform-domain mode and preceding a subsequent
portion of the audio content encoded in the ACELP mode typically comprises some degree
of time domain aliasing, which however, catnot be canceled by the time domain samples
provided by the ACELP branch for a portion of the audio content encoded in the ACELP
mode (while the time domain aliasing would be substantially canceled by a time domain

35  representation provided by the transform-domain branch if the subsequent portion of the
audio content was encoded in the transform-domain mode).



20 applied to the time domain signal 423a, to derive therefrom a windowed time domain signal 424a.
Optionally, a post-processing 425 may be applied to the windowed time domain signal 424a, to obtain
the time domain representation 426 of a portion of the audio content encoded in the frequency domain
mode. 25ThYEC a1 {PAREfbrm domain path 420, ngcth may be consideredpg‘g@??@b‘ﬂ‘?ﬁ?: domain path,
is configured to provide the time domain representation 416 of a portion of the audio content encoded
in the frequency domain mode using a scale factor based quantization noise shaping, which is applied
in the spectrgbpraecessing iRhdPreierablyientiRendomaiivrepl eseatdivreiMitisnerdemaimsamples is

provided fort?aﬁa{ﬁm{éﬁg?s%@égqsfﬁc' @L@ﬁ&%&ﬁ%ﬁﬁtﬂmﬁ%ﬂ@sﬂéﬁpr&ﬁ%@&@tiﬁﬂ 1d6

comprises some aliasing due to the fact that the numbe me domain samples of the time domain
representatiotr 446 (’P&?O% d?\/é‘?ﬁ?‘ffﬁﬁeﬁrise?ﬁfbg ”(?8?%‘?&%&&%%?%‘?5@0‘?38? ,aé'roﬂys%ﬁége%t factor)
than the numiseridsiispie chakbesfiickants ibitie saedded sderod hdteraibeo effipiessisiz aligonghe given
frame). 85HewevRiiias digsussecvakevestheimgdomainialiasingdsceedteadiohcantelieshby an
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frequency domain or by the additjon of the aliasing cancellation signal 364 in the case WO

201110401 18PETRIB 55 S 5h L H AR Bebsah S BOOR S Sk BB encoded in
the frequenagytsmeaih avtedenta pamsenttiecdudiocsameat Mitod denvitheragiBLravidek. 2.1.2.
Transform DemapaidaihofAgroidiig denfigt Hedaidign 4 shawbmnhleslschematic Hicgiasoah a

transfoj;codgd:exgitalien,linaar: BE%QJ&FQﬂﬁﬁc@éﬁ‘i&%mﬁgm%ﬂmnﬁr%ﬁ@ﬁﬂﬁﬂg damain;gath and
which may take th%@ace of the{gg(%n‘s)form domain path 320. 10, The ZX-LPD iath 430 Is configured
a

to receive aEHotfEt LAY H¥si UGt el 425 A B nEBGE o SR AR B ASHAIR
parameters fepssaitisiom3p oé copsideedsaadhoiseshapisgdedombiztion BLferrgx dopnptath 430 is
configured te-pfeMideimtmaEomaifeseprapaniationddo ofadposiondef thetrutiaseanielbeancoded in

the TCX L PRyReds PR ehasizpidhe.pasadedhactal srreal coglidianis ddaand e cacoded

{
linear-prediction- 15 domain parameters 444, The -kF‘ ath 430 comprises a decoding and an
inverselauar?ﬁfg?l%ﬁ) égéoii jp content encoded m the ACELP mode overlaps a time domam
representation of the previous portion of the audio content encoded in the transform-

domain mode. Accordingly, a smooth transition (without “click” artifacts) can be obtained
between the portion of the time domain representation encoded in the transform-domain
mode and the subsequent portion of the audio content encoded in the ACELP mode.
20 Aliasing artifacts can be reduced or even eliminated at such a transition using the aliasing

cancellation signal.

Consequently, the audio signal decoder 300 is capable of efficiently handling a sequence of
portions (for example, frames) of the audio content encoded in the transforrn-domain

25  mode. In such a case, the time domain aliasing is canceled by an overlap-and-add of time
domain representations (of, for example, N time domain samples) of subsequent
(temporally overlapping) frames encoded in the transform-domain mode. Accordingly,
smooth transitions are obtained without any additional overlap. For example, by evaluating
N/2 spectral coefficients per audio frame and by using a 50 % temporal frame ovetlap, a

30 critical sampling can be used. A very good coding efficiency is obtained for such a
sequence of audio frames encoded in the transform-domain mode while avoiding blocking
artifacts.

Also, by using the same predetermined asymmetric synthesis window irrespective of

35 whether the current portion of the audio content which is encoded in the transform-domain
mode, is followed by a subsequent portion of the audio content encoded in the transform-
domain mode or by a subsequent portion of the audio content encoded in the ACELP
mode, the delay can be kept reasonably small.



encoded set of spectral coefficients 442, which provides, as a result of the decoding and inverse
guantization, a decoded and inversely quantized set of spectral coefficients 450a. 20 The decoded and
inversely quantized spectral coefficients 450a are input to a frequencydomain-to-time-domain
conversion 49 WhiéH8E8vides, on the basis of the decoded and inversel§‘ctiERtA&ESHECtral
coefficients, a time domain signal 451a. The frequéﬂcydomain-to-time-domain conversion 451 may, for
example, comprise the execution of an inverse lapped transform on the basis of the decoded and
inversely quantized spectral 25 coefficients 450a, in order to provide the time domain signal 451a as a
result of said inverse lapped. transtorm, For example, an inverse modified discrete cosine transform
ey be per oL d e A B e S S B e

spectral coefficiBhiEBEOEANGHbEICH 2Bk AnipRecaur o BeHEash Hin Luihrogisrtsaendie dBmain
representatitime45LEIRaydk lemg e then bigunsber (fothexample, NRJcf Sl s pdepriatl cyafficients 450a
input to the fragdeRCYIRMmAINOAimasemasesyarsian INHRE tase aliedanped vansiormesuch that,
for example,a%agimecqalg(r;g3 in.glgmﬁ)lg%gf the time domain signal 451a may be provided in response to
N/2 spectral coetcients %tba. The TFeXiLPD path 430 also comprises a windowing 452, in which a
synthesis window 35 function is applied for a windowing of the time domain signal 451a, to derive a
windowed tirfieudonhairnsignal b alcboteex3ifipler a e de teoiirechasynivn sttiovsymthesigmgndow may
be applied inthe;windevdng 462y in@btaio thewindowed time domain signal 452a as a windowed
version}gf the time domain signal 451a. The TCX-LPD path 430 also WO 201 1/0481
18PCT/EP2010/065753 35 comprises a decoding and inverse quantization 453, in which a decoded
Iinear-predic%idndo ails Reoarding the bransfornyBomain Fatlu e 4 from the encoded
linear-prediction-domain parameters 444. The decoded linear-prediction-domain parameter infolmation

max;% for etxammﬁaf mr@@ﬂg@l &@Ja[i??@gﬁbéﬁ}l@tﬁéd@%ﬁf@@g&ﬁ)ﬁ&ﬁl ;!Jﬁﬁagznr@@l’@tﬂ'_g@%ﬁ.ﬁp@g@&; g
coetncients may, 10r exampile, ne (610] . adS criped e cal ecifications "
26,000 3G e SRt oA R R R B e e S A project

Accordiﬁgly, the filter coefficients 453a may be used in a linearprediction-coding-based filtering 454, to
filter the windowied TimeidomBonsigrizitd 3Ractdinglie Figords, coefficients of a filter (for example, a
finite-impulse-response filter), which is 10 used to derive a filtered time domain signal 454a from the
windowed time domain, ignal 4928.MaY e adisied nassardance wilh, therdecoded o o
Ilnear-predlctltﬁ"l- omain parameter in ormatﬁ)n g a, which may des _I’IEJe said fi %e_r cogfhments. Thus,
the windoweirRBGoRialiesEmalomBbatmayrsere Asla SinomGs ORI ESIRESHHRSditié-coding
based Siynalsyathasisnd54hwhichyisadjostiedeih acchedanoe withanepfitber coefficients 453a. 15
Optionally, a post-processing 455 may be applied to derive the time domain representation 446 of a
portion of theudig spntent speqdsdinghe TCXER mode fiom,the fitered fime, dgmain signal 454a.
20To summarize, a filterin Eﬁ \Aﬁiléh is descrbed 2
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encodeg set @htbe: shesiéalisorifrigiad4Rmmeeaigirgly, a good coding efficiency is obtained for such
signals which are well-predictable, i.e. which are well 25 adapted to a linear-prediction filter. For such

signals, the stimulus can be encoded efficiently by an encoded set of spectral coefficients 442, while

the other corf@falieRsfaTardemsismaiof IReurpirt At BR SR HRYERY traniirsting 44k Wilh is
determined ircclepenideoecdnd et iMisacqiradiotibreithiesr £okifidiontsid&3an the basis thereof, a

decoded and inversely quantized set of spectral coefficients 420a. The fransform domain

30 path 400 also comprises a decoding and inverse quantization 421, which receives the
encoded scale factor information 414 and provides, on the basis thereof, a decoded and
mnversely quantized scale factor information 421a.

The transform domain path 400 also comprises a spectral processing 422, which spectral
35 processing 422 may, for example, comprise a scale-factor-band-wise scaling of the
decoded and mversely quantized spectral coefficients 420a. Accordingly, a scaled (i.e.
spectrally shaped) set of spectral coefficients 422a is obtained. In the spectral processing
422, a (comparatively) small scaling factor may be applied to such scale factor bands



30However, it should be noted that a time domain aliasing is introduced into the time- domain
representation 446 by applying a lapped transform in the frequency-domain-totime-domain conversion
451. The time domain aliasing can be cancelled by an overlapand-add of (temporally shifted) time
domain repré¥8HAEAEI 6 of subsequent portions of the audio content SHCHEBY IRV HREFSFCX-LPD
mode. The time domain aliasing can 35alternativeRfbe reduced or cancelled using the aliasing
cancellation signal 364 at a transition between portions of the audio content encoded in different

modes. 2-1-%ﬁsﬁ%@&wﬁa@%@tmi@ﬁ@wmg&&g-é&%&,@ﬂﬂé%&%%ﬁﬂ%@f%g@%m 36
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content encodgatdtivibiesICXtdPDain Gobeort 3T Gt aliCK el edlefatie At qaffijpitses42 2iecoding/inverse
guantization 480, which is configured to receive the encoded set of spectral coefficients 472 and to
provide, on basis thereof, decoded, and inversely quantized spectral coefficients 480a. The
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inversely quantized linear-prediction-domain parameters d O provide-a spectral domain

representatidABER L ST BN das- 25y predidtoldsriaicparametersusprashiatamlés HHdspectral
domain représentitiond 82ephaybea spactANID malkd dppeseditatibnpel p diktersbspoffiseeaescribed by
the Iinearpregiggoﬁjﬁo%&d}ﬁ{ amRigrsAdlacd R Gid-R H& ‘EGinM&QﬁfagQ!@Q”&ﬁﬁ:ﬁ gpectral
processing 4a831\1/gglc‘fg |§1g0{1}‘1|1%u§ed Egnsqalg hgﬁ%ecgral gggf icients 4%? )a in mee%enQencetgg the
spectral domam representation gﬁla. of tHe finear preé’ﬁ:tlpnna%rﬁaln If)aramlgﬂers 281 30%6'6btain a set
of scaled spSCHEFHsatfiderts BIIE B S dhRise2ichen SPMHEsehaR Pt RO ABDRMEY be
multipli2@l witipdisdabnthéaiter ddrictnisideséinlibe dondrocordancowith (eintdvdependedomain) one or
more of the %%ﬁlr@bﬁ&e@ﬁlﬁmﬁ@f wfo%ﬂ%%@kﬂﬁgaﬂ rRRRESRNBHENIAR2 fre TRHURIFREWMGIGT O the
* spectral coeficents. (80a,5 effectely determined by a spectialiesponse o Inegtprediction-coding
filter describea%rby%he er]cdéea mear-pred?q lon-domain parametéers YN ex’“ampfe, spectral
coefficients 48DETbFIFagREHCGRS FrseRsicoma N etieprediction filter comprises a comparatively large
frequency response, may be scaled with a small scaling factor in the spectral processing 483, such

that a quantizafiprunoisaassaciRiadvphisathsRasHRknay be considered as a frequency domain
path, is configured to provide the time domain representation 416 of a portion of the audio
content encoded in the frequency domain mode using a scale factor based quantization
noise shaping, which is applied in the spectral processing 422. Preferably, a time domain
representation of N time domain samples is provided for a set of N/2 spectral coefficients,
30  wherein the time domain representation 416 comprises some aliasing due to the fact that
the number of time domain samples of the time domain representation 416 (for a given
frame) is larger (for example, by a factor of 2, or by a different factor) than the number of
spectral coefficients of the encoded set of spectral coefficients 412 (for the given frame).

35  However, as discussed above, the time domain aliasing is reduced or cancelled by an
overlap-and-add operation between subsequent portions of the audio content encoded in
the frequency domain or by the addition of the aliasing cancellation signal 364 in the case



WO 2011/048118PCT/EP2010/065753 37 coefficients 480a is reduced. In contrast, spectral
coefficients 480a for frequencies, for which the linear-prediction filter described by the encoded
linear-prediction-domain parameters 472 comprises a comparatively small frequency response, may
be scaled with @ ZbHHs& Htively higher scaling factor in the spectral proces&ig%85046ERhat an
effective 5 quantization noise is comparatively Iarg}ér for such spectral coefficients 480a. Thus, the
spectral processing 483 effectively brings along a shaping of a quantization noise in accordance with

the encode%mewaem%ﬁ@am@mmaﬁa %H&ﬁcéﬂt@d&ﬁ%ﬁﬁé%&fﬂ&t@ tgAB3a are input

into a frequel%x da%r&tgl 5to- tlmetgg %in%npg%g&%ﬁ tQ %btaln atime domaln signal
484a. The frequency dBram-totime-domain conversion 4 may or example comprise a lapped

transfoim, like for example an mverse mOdIerd dlscrete cosine transform. Accordingly, the time
domain représehtalinmsfBrn Prayaheh S eiigediution of such a

frequengy-domain-totime- domaln conversion on the basis of the scaled (i.e. spectrally shaped)
spectral 15 E%nff!ﬁ,e%%é? -Jighould {‘Stecfjag% 2 ine domain.represeniation 48 ‘ﬂ%ﬂ%—ay
comprise a number of time omaln sam es which'is larger “than a number of the scaled Spectral
coefficients FESHCHPRAP RN AR5 8- th %&héﬁé@%@%ﬁlﬂﬁ%ﬂt@%&h‘aﬂl&ﬁhﬁeﬁl&t‘% Eordingly,
the time donpédeesidtad w&xséomrdpmsesmthéﬂbmam aliasing components, which are canceled by an
overlap-and-add of the time domain representations 476 of 20 subsequent portions (for example,

frames,qr SUPtﬁ G5 sonsRhepied e TCXLRR 1ode oLby b addilon of the
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486 may be applied to derive t e time domain representation rom the Wlnd time domain
signal 485a. PEEBRARMSEHE functionality of the TCX-LPD path 460, it can be said that in the
spectral processing 483, which is a central part of the TCX-LPD path 460, a noise shaping is applied

to the decodegtand inyersirumitized TRectialsoRftcions é@%@ﬂé@&[@tﬂm@i&ﬁmiﬁ ghaping is
adjusted '”ndg?%%%%ﬁeoﬂ%i%é'ﬁ&aéfﬁ eqict @E W&%P@I goeters. r§ windgwed time
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The decoded and inversely quantized speciral coefficients 450a are input to 2 frequency—

domain-to-timeg-domain conversion 451, which provides, on the basis of the decoded and
inversely quantized spectral coefficients, a time domain signal 451a. The frequency-
domain-to-time-domain conversion 451 may, for example, comprise the execution of an
mverse lapped transform on the basis of the decoded and inversely quantized spectral

25  coefficients 450a, in order to provide the time domain signal 451a as a result of said
inverse lapped transform. For example, an inverse modified discrete cosine transform may
be performed to derive the time domain signal 451a from the decoded and inversely
quantized spectral coefficients 450a. A number (for example, N) of time domain samples
of the time domain representation 451a may be larger than a number (for example, N/2) of

30 spectral coefficients 450a input to the frequency-domain-to-time-domain conversion in the
case of a lapped transform, such that, for example, N time domain samples of the time
domain signal 451a may be provided in response to N/2 spectral coefficients 450a,

The TCX-LPD path 430 also comprises a windowing 452, in which a synthesis window
35  function is applied for a windowing of the time domain signal 451a, to derive a windowed
time domain signal 452a. For example, a predetermined asymmetric synthesis window
may be applied in the windowing 452, to obtain the windowed time domain signal 452a as
a windowed version of the time domain signal 451a. The TCX-LPD path 430 also



conversion 484 and the windowing 485, wherein, preferably, a lapped transform is used which
introduces some aliasing. 2.2. Details Regarding the ACELP Path 5 In the following, some details
regarding the ACELP path 340 will be described. It should be noted that the ACELP path 340 may
perform an infVer¥B ¥i#Hid8nality when compared to the ACELP path 140. Th&BREELEHEH 340
comprises a decoding 350 of the 10 algebraic-codéﬁexcitation information 342. The decoding 350
provides a decoded algebraic-code-excitation information 350a to an excitation signal computation and

post-processifg3hds WhiehdhiRPERIES g @hbetikPi Sxcialian sigdatRiamthefdikkbupath also
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Optionally, a post-processing 455 may be applied to derive the time domain representation

446 of a portion of the audio content encoded in the TCX-LPD mode from the filtered time

domain signal 454a.

20 To summarize, a filtering 454, which is described by the encoded linear-prediction-domain
parameters 444, 1s applied to derive the time domain representation 446 of a portion of the
audio content encoded m the TCX-LPD mode from a filter stimulus signal 452a, which 15
described by the encoded set of the spectral coefficients 442. Accordingly, a good coding
efficiency is obtained for such signals which are well-predictable, i.e. which are well

25 adapted to a linear-prediction filter. For such signals, the stimulus can be encoded
efficiently by an encoded set of spectral coefficients 442, while the other correlation
characteristics of the signal can be considered by the filtering 454, which is determined in
dependence on the linear-prediction filter coefficients 453a.

30  However, it should be noted that a time domain aliasing is introduced into the time-
domain representation 446 by applying a lapped transform in the frequency-domain-to-
time-domain conversion 451. The time domain aliasing can be cancelled by an overlap-
and-add of (temporally shifted) time domain representations 446 of subsequent portions of
the audio content encoded in the TCX-LPD mode. The time domain aliasing can

35  alternatively be reduced or cancelled using the aliasing cancellation signal 364 at a
transition between portions of the audio content encoded in different modes.

2.1.3. Transform Domain Path According to Fig. 4c




be described. The aliasing cancellation signal provider 360 is configured to receive the WO
2011/048118PCT/EP2010/065753 39 aliasing cancellation information 362 and to perform a decoding
370 of the aliasing cancellation information 362, to obtain a decoded aliasing cancellation information
370a. The alfggﬁ%gﬁﬁdéﬁlation signal provider 36Q is also configured to p%ﬁggﬁﬁz%?@%ﬁétruction 372
of the aliasing cancellation signal 364 on the basis’8f the decoded aliasing cancellation 5information
370a. The aliasing cancellation information 360 may be encoded in different forms, as described
above. For example, the aliasing cancellation information 362 may be encoded in a frequency-domain

representatign o i ' iction=domayj ion. different gquantization noise
shaping con%%btid%]%y %ﬁ{%ﬁg %%%%tgfe%ns%l?gt?gﬁ%%%% ﬁ-%gfﬁj?aﬂs?%hgéigash%ﬁgﬁﬁ %@r%%l In some
cases, scale TScRAS RIS PETRUATBY tHEmaHiBAE Meht BB e PTAPHETHEGLARS B AN Piode may

be applied int¥ratiesonstruction of the aliasing cancellation signal 364. In some other cases,
linear-prediction-domain parameters (for example, linear-prediction filter coefficients) may be applied

in the reconsificlian 344 daaliiediasig o %%P&?@@o%ﬁ%ka%aféﬂﬁwﬁ% |

el Qi Ingdgion, a
noise shaping information may be incl n the encoded atiasing cance ahor?{ln?ormgt%on 362, for

example, in Beffitibho-4 EgierePaaHam FpresBRaMHsMEROer MdditbiA eI from the
transform-dowrdigyedht@ 2ecorvirom gisSERR bfameht3ACmecoptioralyabd esenlid theear-
reconstructignedicdic-timahagag.eanseellation sigial 3ed. 20Mesaomered WNAOWGHRYaIs0 be used
in the regonsifeion ! 2 1esalippnaaRealanan Sl arvilos desalbsd idelalbfelow.  To
summarize, different signal decoding concepts ma%Be used'to provide the aliasing cancellation

signals 364 871 e B4l SPRTECATISIA ML e Pt Ah Bfo FiSede thi DS His LB BmMaMe format of

the aliasing parsetietiof/Aferrtiatiod@ean Japiegowing A7¢ Alfasimgtemed dttoauGonceptt In the
following, detassdesaganding@corcepbat windowing and aliasing cancellation, which 30may be applied
in the audio signal encoder 100 and the audio signal decoder 300, will be
15  The TCX-LPD path 460 comprises a decoding/inverse quantization 480, which is
configured to receive the encoded set of spectral coefficients 472 and to provide, on the
basis thereof, decoded and inversely quantized spectral coefficients 480a. The TCX-LPD
path 460 also comprises a decoding and inverse quantization 481 configured to receive the
encoded linear-prediction-domain parameters 472 and to provide, on the basis thereof,
20 decoded and inversely quantized linear-prediction-domain parameters 481a, like, for
example, filter coefficients of a linear-prediction-coding (LPC) filter. The TCX-LPD path
460 also comprises a linear-prediction-domain-to-spectral-domain conversion 482
configured to receive the decoded and inversely quantized lnear-prediction-domain
parameters 481 and to provide a spectral domain representation 482a of the lincar-
25  prediction-domain parameters 481a. For example, the spectral domain representation 482a
may be a spectral domain representation of a filter response described by the linear-
prediction-domain parameters 481a, The TCX-LPD path 460 further comprises a spectral
processing 483 which is configured to scale the spectral coefficients 480a in dependence
on the spectral domain representation 482a of the linear prediction domain parameters 481,
30  to obtain a set of scaled spectral coefficients 483a. For cxample, cach of the spectral
cocfficients 4802 may be multiplied with a scaling factor which is determined in
accordance with {or in dependence on) one or more of the spectral coefficients of the
spectral domain representation 482a. Thus, the weight of the spectral coefficients 480a is
effectively determined by a spectral response of a linear-prediction-coding filter described
35 by the encoded lincar-prediction-domain parameters 472. For example, spectral
coefficients 480a for frequencies, for which the linear-prediction filter comprises a
comparatively large frequency response, may be scaled with a small scaling factor in the
spectral processing 483, such that a quantization noise associated with said spectral



described in detail. In the following, a description of a status of window sequences in a low delay
unifiedspeech-and-audio coding (USAC) will be provided. 35 In current embodiments of the low delay
unified-speech-and-audio coding (USAC) developments, the low delay window from the
advanced-aufiid ot G Ehhanced-low- delay (AAC-ELD), which has an eXfeHBREGIEHES to the past,
is not used. Instead, either a WO 2011/048118PC3I7/EP2010/065753 40 sine window or a low delay
window identical or similar to the one used in the ITU-T 0.718 standard is used (for example, in the

tlrr?e domalncH%fffﬁ@ﬁH@”@%Qqm@&ufé@d{wﬁf:]%rﬁ%@ta%ﬂ&f@@o@%@%ﬂﬂ%@f“ﬁ@qﬁ@ﬂ%&@%@rtef 330).
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frame length 1 S pre forre o omp nsof%sBetw en a é%’negv@m%o %nﬂ%l /§\naly3|s
Window (Figl B e 15 e aindn i e b dp B aim AAMGtH d%resented by a dotted line)
and a 0.718 analysis window (represented by a solid line). Taking reference to Fig. 5, which shows a
graphic reﬁrmm@gi@m Qfeﬂ%?%’ﬂ@éfﬂ‘&é@é%@@eﬂﬁﬁlwiﬁ%pw &%Y&e%qaﬁaiy&@\ert]mﬁ% it Sholuld
e noted that an absci ri a time.in terms of t e,dom sam aving sample
|nd|ce§1 %etw%oenﬁ t béoﬁda Oomaohr that aﬁfs%rrld?n% e choén descibes t rﬁé‘iwm W val G?m%lcrht%nay, for
example, be!RBTTHARZEY HINEBIPDaids s BinBesen SAORRESS, %H@p@eﬂlgdéﬁ%waslméaw which is
represented dxpramselidilimeverse modified discrete cosine transform. Accordingly, the time domain

representation 484a may be the result of the execution of such a frequency-domain-to-
time-domain conversion on the basis of the scaled (i.e. spectrally shaped) spectral

15 coefficients 483a. It should be noted that a time domain representation 484a may comprise
a number of time domain samples which is larger than a number of the scaled spectral
coefficients 483a which are mput into the frequency-domain-to-time-domain conversion.
Accordingly, the time domain signal 484a comprises time domain aliasing components,
which are canceled by an overlap-and-add of the time domain representations 476 of

20  subsequent portions (for example, frames or subframes) of the audio content encoded in
the TCX-LPD mode, or by the addition of the aliasing cancellation signal 364 in the case
of a transition between portions of the audio content encoded in different modes.

The TCX-LPD path 460 also comprises a windowing 485, which is applied to window the

25  time domain signal 484a to derive a windowed time domain signal 4854 therefrom. In the
windowing 485, a predetermined asymmetric synthesis window may be used in some
embodiments according to the invention, as will be discussed below.

Optionally, a post-processing 486 may be applied to derive the time domain representation
30 476 from the windowed time domain signal 485a.

To summarize the functionality of the TCX-LPD path 460, it can be said that in the
spectral processing 483, which is a central part of the TCX-LPD path 460, a noise shaping
is applied to the decoded and inversely quantized spectral coefficients 480a, wherein the
35 noisc shaping is adjusted in dependence on the linear-prediction-domain parameters.
Subsequently, a windowed time domain signal 4854 is provided on the basis of the scaled,
noise shaped spectral coefficients 483a using the frequency-domain-to-time-domain



520, is asymmetric. As can be seen, a left window half (time domain samples 0 to 199) 25 comprises a
transition slope 522, in which the window values monotonically increase from 0 to a window center
value of 1 and an overshoot portion 524 in which the window values are larger than the window center
value of 1. InWge2Mi8H &bt portion 524, the window comprises a maximuR{CSEFZIPHEN5? 18 analysis
window 520 also comprises a center value of 1 at a%enter 526. The G.718 analysis window 520 also
comprises a right window 30 half (time domain samples 201 to 400). The right window half comprises
a right-sided {ansligh shaps.paRa nbia g ndensyalesmapolonigaly dscieasa mythe
window center value of 1 down to Q. The right window half also comprises a right-sided zero portion
530. It shoulaﬁﬂfg 18{506111;10&9‘59?%%%31@5718 analysis window 520 can be used in the
time-domain-to-frequency-domain converter 130 in order to window a portion (for 35 example, a frame
or subframepliavinpadiamne:iedgthtied AQEsarmgpdes, wherein the last 50 samples of said frame may be
left uncaopsidered due to the right-sided zero portion 530 of the 0.718 analysis window. Accordingly,
the time-domain-ta-frequency-domain conversion can be started before all 40Q samples of the frame
are avaiIabI??géetg%ﬁ?ﬁlﬁg’\ﬁ%@%é%il%ﬁ%%'{%ﬁ%tg%%’%g%/%g‘}d§§Wﬁ@ﬁf#&?&%f@m 350 samples of the
currently analyzed frame are available in order to start the time-domain-to-frequency-domain
conversion. 1tAdsoyithBeasyaniedichs YaDEIH pashviintl evibaEfwvhich dovepiishadaipolyshbai portion
524 5(only) ig, .l Windoy-kalb ﬁ%tll}’%ll@@t%%tﬁ%ﬁlfrﬂﬂr&w PRIYSINRLEEOORIMEYSR Jp @ audio
signal i@codig%udjq signal decodeg%rocessmg J};;urg, 0 umanarlz%?/gle abo§e, ig. 5 shows a
comparison SRR d%wt(’é}(?ﬁe ﬂ%ﬂf‘g}?&la 71 %fha §&nd (@6%1 ??e)?\/\f?%f’ 'the 50
samples on techigiit-spde-ox e o7 IS TOWIRE IS0 resticidoactiptbaRBRo ef5andapaites in the
encoder (Whgfbeaspatsd, te/hisle icogdear psiigahensiREmiRdowijafig. H800WS1a. COPROEDR of a sine

window (dottedilingh,andh K618 F¥Rihgsisywindevnseliglingl A abEsisa 61.0ks6beg a ime in
terms of time dor%}aln ggg]glesq Wh?‘%: the 15 time. do§1a|n_sam les have sample indices b&atween 0

and 400. An %efﬁ), e EE e Hlﬁglﬁgg Ichongdomain | parameter miormation 344 an

15  provides, on the basis thereof, linear-prediction-domain parameters 352a, like, for
example, filter coefficients of a linear-prediction filter (also designated as LPC filter). The
ACELP path also comprises a synthesis filtering 353, which is configured to filter the
excitation signal 351a in dependence on the lingar-prediction-domain parameters 352a,
Accordingly, a synthesized time domain signal 353a is obtained as a result of the synthesis

20  filtering 353, which is optionally post-processed in a post-processing 354 to derive the time

| domain representation 346 of a portion of the audio content encoded in the ACELP mode.

The ACELP path is configured to provide a time domain representation of a temporally
limited portion of the audio content encoded in the ACELP mode. For example, the time

25  domain representation 346 may sclf-consistently represent a time domain signal of a
portion of the audio content. In other words, the time domain representation 346 may be
free from time domain aliasing and may be lLimited by a block-shaped window.
Accordingly, the time domain representation 346 may be sufficient to reconstruct the audio
signal of a well-delimited temporal block (having a block-type window shape), even

30  though care must be taken that there are not blocking artifacts at the boundaries of such a
block.

Further details will be described below.

35 2.3, Details regarding the Aliasing Cancellation Signal Provider

In the following, some details regarding the altasing cancellation signal provider 360 will
be described. The aliasing cancellation signal provider 360 is configured to receive the



As can be seen, the 0.718 synthesis window 620, which may be used for the windowing in the
frequency-domain-to-time-domain converter 330, comprises a left window half and a 20 right window
half The left window half (samples 0 to 199) comprises a left-sided zero portion 622 and a left-sided
transition slop& 824 #8tHich the window values increase monotonically fr8fT 288 TYASRPTR 50) to a
window center value of, for example, 1. The 0. 718%%/nthe5|s window 620 also comprises a center
window value of 1 (sample 200). A right-sided window portion (samples 201 to 400) comprises an
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the transform7@armtin sherdes Tnecbotsanijpied dfrithe feftiside dittieslGories slisrogciiaftibited zero
portion 822)kgsttdioa gieday reduction of another 50 samples in the decoder (for example, when
compared to a window comprising a non-zero temporal extension of 400 samples). The delay
reduction results from the fact that an audio cantent of a previous audio frame can be output up to the
35 position of thé!BOtREERSIE U THE  CIREIPEHY Y PhENSRARS EotitEHEHetiasts frmerGetain
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As canZfle sédeictivsrseconitdaudiv framied32 bs offsét wittheexspernittoctim filSE avdibdratizei7R22 by 200

samples. AlsantaBadfist autho iawie F2d-anthaasesandapdaio frame 732 comprise a temporal overlap
of, for example, 200 audio samples (sample indices between 200 and 399). In other 20 words, the first

audio frame 722 and the second audlod{ én 32 comprise a temporal overlap of, approximately, 50
g

% (with a toléPaiie8 B sy ?ﬁ?ﬂ& St RFBSHBNS S dREgNR REprelerta st
sequence ofc@zaRmIyisralviAdows Ahcabstiissd 810 diesoribegnaaiiieon eiensaiotini®omain audio
samples; ande-penasdinaie B2 Zormat of the aliasing cancellation information 362.

3. Windowing and Aliasing Cancellation Concepts

In the following, details regarding a concept of windowing and aliasing cancellation, which
30 may be applied in the audio signal encoder 100 and the audio signal decoder 300, will be
described in detail.

In the following, a description of a status of window sequences in a low delay unified-
speech-and-audio coding (USAC) will be provided.

35
In current embodiments of the low delay unified-speech-and-audic coding (USAC)
developments, the low delay window from the advanced-audio-coding-enhanced-low-
delay (AAC-ELD), which has an extended overlap to the past, is not used. Instead, either a



25 describes normalized window values. A first G.718 analysis window 820 is associated with a first
audio frame 822, which extends from sample 0 to sample 399. A second G.718 analysis window 830
is associated with a second audio frame 832, which extends from sample 200 to sample 599. As can
be seen, the Y@t HH81ahalysis window 820 and the second G.718 analyBis{fEENE3P comprise a
temporal overlap (when considering only 30 non- -z8fb window values) of, for example, 150 samples
(+1-1 sample). Regarding this issue, it should be noted that the first G.718 analysis window 820 is

associated with. thentiest f@m‘&&?%ﬂ@?'Qﬂrﬁé(ﬁﬂ@&lﬁ%éwgﬁ@ﬁﬁmpl@% yd 399 ﬁ%@‘ﬁ'ﬁﬂ”ﬁe first
G.718 analysbs.mpd W S%Jdcom rises a rr%llt smdeigll Zgro p rtion of, for example, 50 sany) s (a
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Fig. 8 may berEigniedi8y tﬁéCfréaa%ﬁ*&gﬁfao% wfé“@rﬁ%esd&mﬁlcémvetm%m dnd 1By e fransform-
domain pathsi2d0yw230, 260. Fig. 9 shows a graphic representation of a sequence of 0.718 synthesis
windows. An abscissa 910 describes a time in terms of time domain audio samples, and an ordinate
912 10 escyl rmall ues, of sis windows. Th ceo 0.718 s esis
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synthesis WlESl etg%ergg hﬁetw At %\% d mpre SHAH0-718 synthesis
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audio sampl€&ig99.sAsvcan Gegessyradéfi-side o zekorporionsofitidpecdortcd. 148 sydthdsislvindow 930
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As can be seen in Fig. 5, the G.718 analysis window, which is represented by a solid line
520, 1s asymmetric. As can be seen, a left window half (time domain samples 0 to 199)
25  comprises a transition slope 522, in which the window values monotonically increase from
0 to a window center value of 1 and an overshoot portion 524 in which the window values
arc larger than the window center value of 1. In the overshoot portion 524, the window
comprises a maximum 524a. The G.718 analysis window 520 also comprises a center
value of 1 at a center 526. The G.718 analysis window 520 also comprises a right window
30 half (time domain sampies 201 to 400). The right window half comprises a right-sided
transition slope 520a in which the window values monotonically decrease from the
window center value of 1 down to 0. The right window half also comprises a right-sided
zero portion 530. Tt should be noted here that the G.718 analysis window 520 can be used
in the time-domain-to-frequency-domain converter 130 in order to window a portion (for
35  example, a frame or subframe) having a frame length of 400 samples, wherein the last 50
samples of said frame may be left unconsidered due to the right-sided zero portion 530 of
the G.718 apalysis window. Accordingly, the time-domain-to-frequency-domain
conversion can be started before all 400 samples of the frame are available. Rather, it is



30 Fig. 10 shows a graphic representation of a sequence of sine windows (solid line) and ACELP (line
marked with squares). As can be seen, a first transform-domain frame 1012 extends from samples 0
to 399, a second transform-domain audio frame 1022 extends from samples 200 to 599, a first ACELP
audio frame Y32 EXIARIAE from samples 400 to 799, 35 with non-zero valBeESBEHNEEA S nples 500
and 700, a second ACELP audio frame 1042 exteﬁés from sample 600 to sample 999, with non-zero
values between samples 700 and 900, a third transform-domain audio frame 1052 extends from

sample 800 tosfemplenid 990 andaciosirihdransiom-gamain augio frane i exiendsdram: sample
1000 to sam&llgti)%g)dgg%&{_ggf_%%?&g g&ﬁ%g%gﬁg@%i{%% 44 1399. As can be seen, there is a temporal
t - 1 audio fran

overlap between the second lansform-domain au ame 1022 and a non-zero portion of the first
ACELP audio frame 1032 (between samples 500 and 600). Similarly, there is an overlap between a
non-zero porisn, tficheysevomd ACELE thedionklam 620042ighddherthadatransfginpidmr©iain 4dio frame
1052 5(ketweansampler800aid, 300) . iddenvardaliasing ranaell3tiapsigRabdddR{shovimby a

dotted line, aarﬂgzg @%ﬁ%%%%!%’é%%%o signal decoder processing chain.

To summarize the above, Fig. 5 shows a comparison of a sinec window (dotted line) and a
(G.718 analysis window (solid line), wherein the 50 sampies on the right side of the G.718
10 window 520 result in a delay reduction of 50 samples in the encoder (when compared to an

encoder using the sine window).

Fig. 6 shows a cofnpafiéon of a sine window (dotted line) and a G.718 synthesis window
(solid line). An abscissa 610 déscribes a time in terms of time domain samples, wherein the

15 timé domain samples have sample indices between 0 and 400. An ordinate 612 describes
(normalized) window values.

As can be seen, the G.718 synthesis window 620, which may be used for the windowing in
the frequency-domain-to-time-domain converter 330, comprises a left window half and a
20 right window half. The left window half (samples 0 to 199) comprises a left-sided zero
portion 622 and a left-sided transition slope 624 in which the window values increase
monotonically from zero (sample 50) to & window center value of, for example, 1. The
(5.718 synthesis window 620 also comprises a center window value of 1 (sample 200). A
right-sided window portion (samples 201 to 400) comprises an overshoot portion 628,
25  which comprises a maximum 628a. The right window half (samples 201 to 400) also
comprises a right-sided transition slope 630 in which the window values monotonically

decrease from the window center value (1) down to zero.

The G.718 synthesis window 620 may be applied, in a transform-domain path 320, to
30 window the 400 samples of an audio frame encoded in the transform-domain mode. The 50
samples on the left side of the G.718 window (left-sided zero portion 622) result in a delay
reduction of another 50 samples in the decoder (for example, when compared to a window
comprising a non-zero temporal extension of 400 samples). The delay reduction results
from the fact that an audio content of a previous audio frame can be output up to the
35 position of the 50™ sample of the current portion of the audio content before the time
domain representation of the cwrent portion of the audio content is obtained. Thus, an
(non-zero) overlap region between a previous audio frame (or audio subframe) and the
current audio frame (or audio subframe) is reduced by the length of the left-sided zero



with FAG) is provided at a transition from the second transform-domain audio frame 1022 to the first
ACELP audio frame 1032, and also at a transition from the second ACELP 10audio frame 1042 to the
third transform-domain audio frame 1052. As can be seen from Fig. 10, the transitions allow a perfect
reconstructioh (3P Y44t approximately perfect reconstruction) with the HER BF IR 4rd aliasing
cancellation 1070, 1072 (FAG) which is iIIustrated‘b%/ a dotted line. It should be noted that the shape of
15 the forward aliasing cancellation window 1070, 1072 is just an illustration and does not reflect the

correct valugsrficd SPMMeHicWbRewsi{SUChas SikeumrgowshisieehinEue kshmilaraahieven

entical to, g IREigHE RIS 5.A1RRUSRE IR MERFUNIIRIRPeEhARR AUR FRUNGHSAC). 20

3.3. Windowing of Maode Transitions - First Option in t owing, a first option nsition
between audiS R SiHeSEHED dEHH W RFALHRIRST %N mode and audio frames encoded in the
ACELP mode will be described taking reference to Figs. 11 and 12. 25 Fig. 11 shows a schematic

represeptation ofrandReOwingLacearding {Roa-firstoppenster Jow getayinaihettspeethsangdaudio coding

(USACQ). Fig % icr [ i f G, 7 }S-Wij olid line),
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describes noitnafiretlmdphevakie o5 firstpdu diot frafirgpensicd dgeincdoeldsni thairaxsfointrdomain

mode, exterskpfianhsamalasifsie2d0f andimdesigpasronihreieienseinuasgral 1122. A second audio
frame, which is encoded in the transform- 35 domain mode, and which extends from samples 200 to
599, is esiggnated with 1132. A third audio frame, which is encoded in the ACELP mode, extends from
audio samplE$40618%08 BRI JERIGHHBURIH 21%IURIE R APhiG§21d Bncoded in
the ACELP drsdabeeinisifrérmsarhpide6aount: 98B cndné desigmated Widest1ibas wofifthliaedio WO
2011/048118R{a$H-PA030/A6 24 I octimmerinihiah exienels foomsatidivisrmples 801404499, is
encoded in - i is.desi ed i 2 xth: 10 fram: hich is
encoded in :ﬁgnﬁréans ggr&g%%g.:%_g%gﬁla%% %\)/ﬂ%%gé@éen%dgfg%rr%ﬁa@t%%@gir%%ﬁigigo%%%ﬁ\%9 is
designafed With P72 SALEHESLHY {HE BidrLashbredict R Rt il rame PR 9 e
windowed usingtla & 708 awdily sisnpierdoanpl O1dadsichatmepnfaPexramph) bésidenticasdentiibes. 718
analysis winglRwh820BhawméTBis rBimiat rethecatidin.samplesdtiam domain semalas)eof the
second audig frame. 1432 a(¢ yindoweduging fieb (18 analysisindom A3 WhiGh  Horal
overlap of, for example, 200 audio samples (sample indices between 200 and 399). In other
20 words, the first audio frame 722 and the second audio frame 732 comprise a temporal

overlap of, approximately, 50 % (with a tolerance of, for example, +/- 1 sample).

Fig. & shows a graphic representation of a sequence of G.718 analysis windows. An
abscissa 810 describes a time in terms of time domain audio samples, and an ordinate 812
25 describes normalized window values. A first G.718 analysis window 820 is associated with
a first audio frame 822, which extends from sample 0 to sample 399. A second G.718
analysis window 830 is associated with a second audio frame 832, which extends from
sample 200 to sample 599. As can be seen, the first (G.718 analysis window 820 and the
second (G.718 analysis window 830 comprise a temporal overlap (when considering only
30 non-zero window values) of, for example, 150 samples (+/-1 sample). Regarding this issue,
it should be noted that the first G.718 analysis window 820 is associated with the first
frame 822, which extends between samples 0 and 399. However, the first G.718 analysis
window 820 comprises a right-sided zero portion of, for example, 50 samples (a right-
sided zero portion 530), such that the overlap (measured in terms of non-zero window
35 values) of the analysis windows 820, 830 is reduced to 150 sample values (+/~ 1 sample
value). As can be seen from Fig. 8§, there is a temporal overlap between two adjacent audio
frames 822, 832 (in total 200 sample values +/- 1 sample value) and there is also a



10 comprises a non-zero overlap region with the 6.718 analysis window 1120 between samples 200
and 350 as can be seen in Fig. 11. For the audio frame 1142, a block of audio samples having sample
indices between 500 and 700 are encoded in the ACELP mode. However, audio samples having
sample indicBFEtEEA1800 and 500 and also between 700 and 800 are RETEFARIHBFEHIn the ACELP
parameters (algebraic code excitation 15 informatith and linear-prediction-domain parameter
information) associated to the third audio frame 1142. Thus, the ACELP information (algebraic code
exciation infarmgHian, 4 andhlineanredistian domalaRa i dRalan dfhasspeiajed (o the
third audio fggm 1142 mere Xfagloyvs the I%%%ogsbructlon of audio samples having sample indices
between 500 A0d 708 SInd ar;?, a*bl}f%%&’so audio samples having sample indices between 20 700 and
900 are encoded in the ACELP information associated to the fourth audio frame 1152. In other words,
for the audiolfrittmed bd 431cH1hat eheocpdinctbhé ACE Riahatepondyesteinoparall ¥igniteskblock of audio

samplessat the,Gente) Qﬁéhﬁéﬁ%%g%%dﬂ&{{ﬁ@l&&%%owééﬁ§9,”§H?1%‘g1ti{% theeit-P coding

In contrast, an extended left-side ro portion (for example, approximately 100 samples) and an
extended rigafln?fg%% 9[zgesré‘(aj|c§0r E%Oh (for example, about 100 samples) are left unconsidered in the
ACELP coding for an audio frame encoded in the ACELP mode. Thus, it should be noted that the
ACELP codifgzobashaudio frapiscenrpodestapp ofimately-300 aba-Zetodinbedmdirisampes (for
example, samples pOhA-LAbRrtienthikdframer Likd2BRe Samaie s.AQR0 200, for g deuyth frame
1152). 5:@100 trastbq h(lygrQ]e .nljéanr of n-zer audloé%n’_ les are encoded per audio frame 30 in the
transform-domain mode. For x‘é{lrﬁﬁfe? ap?)%% zglltse}’)'/rl udio samples are encoded for an audio
frame encoded in the transform-domain mode (for example, audio samples 0 to 349 for the first audio

frame 1122 dhed augiensamiples 20yiatk4l fointhevsecooddiagdio fiame dddR)isMaraayeGai®.718
analysis windowh 1360 anpligsiamindaucthi tmerdoRaiR-sAMBIRS 0" gsiransiomsfqmaig encoding
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2011/048118rdqspzd moroemrtonsd A Can Ifessadasiny g A48 dvinpsitorespopes(fotszero
portion) of thiefBsTdi acralysisiovnddnedd304erapditalhf,dee dagapithyahloek: 14 O0ofatnpiaszero) audio

samples enqgeq;égfgfnmg Yrirdapriodrame il ae. dawever. e fact i ilg ughi:sided dangition slope
of the 0.718 qugow 1130 does no&soverllgoe(.wnh 2 I?{'gsmed trl%nqs: fion §a|,81§
' |
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(FAC wifdovirdrh 3ty anchmntodienl in dhé oot thidallasing saneal|atitsftinkhihadionpdbénlnfother
words, a time,dopaainligsing. Whiskarraaisat s6aesitipg, framAnaKdiq fregnegneaded,in the
transform-domain moﬂe and a 10 subsequent audio, frame encgpl?d#;u he ,?\'CEtLtI% ode is determined
using a FACSWIRdBW 1138 and codetto ShEEiR the ’&Pé)srf}ﬁ( J Cancettationnriform Gti B The FAC
window 1136 iy S5ecapsider i the 8%%@%@&5{@%@@8&% ot dicoaiigs s TRiBiee audio

signal encod&01Hfenbh dsyitheamipdsiig canaaliédiSPpintermatiensdsdy tnay iepresemtegioanencoded
form, apsaliaging which gRReaYs sb@iransifionfromtherpcandrudio frame Lliklr t0iihgfhird audio
frame 1142, ,Wﬁ%eln Ehgf{%\?@éd aliasin “g:a{iacelk%w)nrgwr;ﬁ w 11 %rylaéy ‘betsted to W%ht the aliasing
(for exampleﬂ e estimate 0 eS\éIﬁagfn QLB Aihed in an &4 }ologll‘én l'enct 'erif"léiwrﬁﬂg?ly, éiﬁealiasing
may appear &fcalir aPRGEDASTFSMPE B URtRI&UI0 frame 1152 encoded 20 in the ACELP mode to the
fifth audio frame 1162 encoded in the transfolm-domain mode. The aliasing at this transition, which is
caused by thefact thatihe Isflssidag:ansitign Rertipp of the 0.718 analysis window 1162 does not
overla (;Svith a right-sided transition slope of a preceding 0.718 analysis window, but rather with a block
of time 'domain audio samples encoded in the ACELP mode, is determined (for example, using the
synthesis 25FigsdR cBATButa8GIR LT deairsapetoR Rt icorisuass P 1 Fnrant o dediddmexantble, using
the error enchdifige1Tibe tnokitdinvah sdiasiny cancellatiscemfofinatiom d64nldoingrefreading 174 of the

aliasing signaja fonuards Aias ndcansalalsRMRAoN ARG MRY. ke, appliedo: TasHmatize, an
ahasing cancellalion ormalion |5 selectvely pravided a1 ansiion 300 fhg gpeoqgrame 1132

to the third f%r%% 1 &8 at ansition from the
35  with non-zero values between samples 500 and 700, a second ACELP audio frame 1042

extends from sample 600 to sample 999, with non-zero values between samples 700 and
900, a third transform-domain audio frame 1052 extends from sample 800 to sample 1199,
and a fourth transform-domain audio frame 1062 extends from sample 1000 to sample



fourth frame 1152 to the fifth frame 1162. To further summarize, Fig. 11 shows a first option for a low
delay unified-speech-and- audio coding. Fig. 11 shows a sequence of G.718 analysis windows (solid
line), ACELP 35 (line marked with squares) and FAC (dotted line). It has been found that for
asymmetric WRIWSEIéh as the G.718 window, a combination with FAC Iff§B2818M65ig nificant
improvements over the conventional concepts. In férticular, a good tradeoff between coding delay,
audio quality and coding efficiency is achieved. WO 2011/048118PCT/EP2010/065753 47 Fig. 12
Showfj a grtaﬁ)é%.r@ﬁrlemkag%,ogleri%g b Je %ﬁyﬁtﬂ;&é}éeﬁoﬂ%%@&t%ﬂﬁ'@%ﬁ%ﬁﬁ&%‘éﬁptd
according to Fig. 11. In r words, Fig. 12 shows a.graphic,r sentation o raming an
windowing, v%(%%]%%% gég‘zea (?naa{l[? 1é_\ﬁ%ri(()) Cl’é'tﬁ%l?' 8ecod?e$%&08a€é{§ora |r%8 %a]ﬁlf:g? @é@%&ggﬁssa 1210
describes a f#Wies tePthanst fifhe sl Aidfolsapisslaanbrbreendinifte-22e Pedserivled'hormalized
window valugsohtheATEl #udid isafrent 2 22 Avimdh tis: 110 ieh eede thimitenisan siedin - damain thdde,
extendsfromaudiesamplesPiarPo@ second audio frame 1232 which is encoded in the
transform-domain mode extends from audio samples 200 to 599, a third audio frame 1242, which is
encoded in the ACELP mode, extends from audio samples 400 to 799, a fourth audio frame 1252,
which is encOdegrirrdrdiamee cresb sl Fr8skmd s ardpled oo BdbgcRydasiarmtd frame
1262, which stk ¥ angaded indthieatransicitn o dGamai rhonedend xienflatraimaiicd iodanfalas 82 to 1199
and al S'thhogg dig fg@ggg%é%l% M%Tﬂ%rﬁ@%g an%t?ﬁé;éﬁﬁf%é{k@fﬁm %!6';1'}12' 'ﬁzgege@ﬁx}@nﬂ@]@igm audio
sample )0 to 1399. 0 samples provided for the fir dio e y the
frequenlsgy-d(‘)urlﬁﬁé(lnr%-r o w@gl%otr%%% %gﬁvgear%%oﬁ éﬁ%?@ﬁgﬁéﬂ SVi{r;ﬁlgc%Wed using a first G. 718
synthesis window 1220, which may be identical to the 0.718 synthesis window 620, 20 according to
Fig. 6. Similatly caudio ssamfiles fgvitdediiorttaessecsndiawdioptsine 232 avetivindowadaising the

0.718 synthesisuinaaw 123 Accasingbiorydiasaranles having ridie samplgindiceahgiveen 0

and 399 or, [ non-zero.audio, s les havin djo le indices petween 50 and
399) are pror\f/% E:é)?%?é%% t“é%éi’o“?rigr%%mfé(gg;%e%gﬁ%ﬂie%%%%1 %%rge_gsneot% %{s:_%ﬁteg%as}gggeeﬂlcients 322
associdted tehthomrathatiss srarsEaipaapdpind BoisdSRaisioiy i e S2and <lassiardd to the
first audio frasfiect 222)oiStmilaitly;satiocicgamyiés hiadings dudib sadiple/indioss thatwern @R0sand 599
are providedifprithesesandrudialfitame A3z wilheens2a50 audiesamnehaving aisprele indices
between 250 Z(i&{]_g 31%936%hu§[&%a1ls a temporal overlap between (non-zero) audio samples provided
for the first atidio Trame 1222 & (non-zero) audio samples provided for 30 the second audio frame
1232. Audio samples provided for the first audio frame 1222 are overlapped-and-added with audio
sampleXiprovided Wiitkhevsecaid/addidrinaine k23Pirtodheseby cancel an aliasing. However, audio
samples having audio sample indices between 200 and 599, which are provided for the second audio
frame 1232, are windpwed using the second 0.718 synthesjs window 12.30. For the, third gudio frame
145, when b BB e R G0 ik s B R e e e e e
only within atTifeEbisER IRl $hdieidisi dimse SAAEE P BhYdiid, Hedievat endesadhsdin
samples protakied fefetbmrséebig .dudiodrdéme 1232 and windowed using the right-sided transition
slope ofg¢he 0.718 synthesis window 1230 extend into a temporal region defined

Fig. 11 shows a schematic representation of a windowing according to a first option for
low delay unified-speech-and-audio coding (USAC). Fig. 11 shows a graphic
representation of a sequence of G.718 analysis window (solid line), ACELP (line marked
with squares) and forward aliasing cancellation (dotted line).

30
In Fig. 11, an abscissa 1110 describes a time in terms of (time-domain) audio samples and
an ordinate 1112 describes normalized window values. A first audio frame, which is
encoded in the transform-domain mode, extends from samples 0 to 399 and is designated
with reference numeral 1122, A second audio frame, which is encoded in the transform-

35  domain mode, and which extends from samples 200 to 599, is designated with 1132. A
third audio frame, which is encoded in the ACELP mode, extends from audio samples 400
to 799 and is designated with 1142. A fourth audio frame, which is also encoded in the
ACELP mode, extends from samples 600 to 999 and is designated with 1152, A fifth audio



WO 2011/048118PCT/EP2010/065753 48 by the block 1240, for which (non-zero) time domain
samples are provided by the ACELP path 340. However, the time domain samples provided by the
ACELP path 340 are not sufficient to cancel an aliasing within a right-window half of the 0.718
synthesis wirti8w1¥8§1 ¥owever, an aliasing cancellation signal is providBeTEFEHACERHS an aliasing
at the 5 transition from the second frame 1232 encbded in the transform domain mode to the third
audio frame 1242 encoded in the ACELP mode (i.e. within the overlap region between the second

audio frame 4232 %ﬂﬁ’&h&&&h@ %%%u(ﬁ&%éﬁ%@%%ﬂﬁh %eﬁd&émﬁﬁ@ﬂ@@ﬁ@@% 3smple 599, or at
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encoded audieEOMERECT ABdaIASHFESREE A SRR id WS 0B tEpdsvenaRd Wt aliasing
cancellation §igfal is reconstructed (step 372) on the basis of the decoded aliasing cancellation
information 362. A forward-aliasing-cancellation window 1236 is applied in the reconstruction of the
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temporal ov@ﬁaﬁ%t‘éﬁééﬁf{ﬁ&%&wlg{}w #&%ﬁ%@@%ﬁmﬁ%w&w@m% soA)eByaHe aliasing
WO 2021/04801 8RCVIER204GI065#08ic ACELP information associated to the fourth audio frame

1152. In other words, for the audio frames 1142, 1152 encoded in the ACELP mode, only a
temporally limited block of audio samples at the center of the respective audio frames
1142, 1152 is considered in the ACELP coding. In contrast, an extended left-sided zero
portion (for example, approximately 100 samples) and an extended right-sided zero portion

25 (for example, about 100 samples) are left unconsidered in the ACELP coding for an audio
frame encoded in the ACELP mode. Thus, it should be noted that the ACELP coding of an
audio frame encodes approximately 200 non-zero time domain samples (for example,
samples 500 to 700 for the third frame 1142 and samples 700 to 900 for the fourth frame
1152). In contrast, a higher number of non-zero audio samples are encoded per audio frame

30  in the transform-domain mode. For example, approximately 350 audio samples are
encoded for an audio frame encoded in the transform-domain mode (for example, audio
samples 0 to 349 for the first audio frame 1122 and audio samples 200 1o 549 for the
second audio frame 1132). Moreover, a G.718 analysis window 1160 is applied to window
the time domain samples for a transform-domain encoding of the fifth audio frame 1162, A

35 G.718 analysis window 1170 is applied to window the time domain samples for a
transform domain encoding of the sixth audio frame 1172.



49 cancellation signal provider 360 on the basis of the aliasing cancellation information 362. In the
reconstruction of the aliasing cancellation signal, an aliasing cancellation window 1256 may be
applied. Accordingly, the aliasing cancellation signal 364 is well-adapted to cancel an aliasing while
maintaining tﬂé)ﬁgls'é%ﬁhﬂ? to overlap-and-add time-domain 5samples of tHeHEERHEIRIFame 1252
and of the fifth audio frame 1262. 3.4. Windowing GPMode Transitions - Second Option  Inthe
following, a modified windowing of transitions between audio frames encoded in 10different modes will
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window 25stbpelissuseckfocihtdefindimaichd Gadsivorwinddw totihe thamsfiorhasogingebde. Taking

reference nowieafsigt 4 Jafakseisstah ILQidaeaHbesAdiaen thie s Sh e damainaigia samples
and an %rdl %;&ﬁl]e%t%ﬁ%'?r%% dQ_ gllé%er,;g ﬁ%‘ﬁ%ﬁ}f ‘u§% . 15f Js,[t audl%iflrlalrﬁ]e 1§g%|s egcoded in the

transform domaln mode, a secon 10 frame 1 enco ransrorm Jmmaln mode, a

third audio frahie ﬁ%?@@%%%ﬁtﬁ?tﬂ@ Algig ?ﬁ%ﬁ@as%a?fﬁ%mlf%e%% SHARYEd in the
ACELP modél 3 fiftdy dadierfretnie thee2ds @mcpdeidbin thddramsfornaomaidimddé andcaasiith audio

frame 1372 igalso.ans@dedon thastransiormitomasImede imformation 164 may represent, in an
encoded form, an aliasing which appears at a transition from the second audio frame 1132
15 to the third audio frame 1142, wherein the forward aliasing cancellation window 1136 may
be used to weight the aliasing (for example, the estimate of the aliasing obtained in an
audio signal encoder).

_ Similarly, an aliasing may appear at a transition from the fourth audio frame 1152 encoded

20 in the ACELP mode to the fifth audio frame 1162 encoded in the transform-domain mode.
The aliasing at this transition, which is caused by the fact that the left-sided transition
portion of the G.718 analysis window 1162 does not overlap with a right-sided transition
slope of a preceding G.718 analysis window, but rather with a block of time domain audio
samples encoded m the ACELP mode, is determined (for example, using the synthesis

25 result computation 170 and the error computation 172) and encoded, for example, using
the error encoding 174, to obtain an aliasing cancellation information 164, In the encoding
174 of the aliasing signal, a forwards aliasing cancellation window 1156 may be applied.

To summarize, an aliasing cancellation information is selectively provided at the transition
30  from the second frame 1132 to the third frame 1142 and also at the transition from the
fourth frame 1152 to the fifth frame 1162.

To further summarize, Fig. 11 shows a first option for a low delay unified-speech-and-
audio coding. Fig. 11 shows a sequence of G.718 analysis windows (solid ling), ACELP

35  (line marked with squares) and FAC (dotted line). It has been found that for asymmetric
windows such as the G.718 window, a combination with FAC brings along significant
improvements over the conventional concepts. In particular, a good tradeoff’ between
coding delay, audio quality and coding efficiency is achieved.



35It should be noted that the encoding of the first frame 1322, of the second frame 1332 and of the
third frame 1342 is identical to the encoding of the first frame 1122, of the second frame 1132 and of
the third frame 1142 described with reference to Fig. 11. However, it should be noted that audio
samples of tYEE#HEHBbRion 1350 of the fourth audio frame WO 2011/0RSTHEBEPRESS010/065753
50 1352 are encoded using the ACELP branch 1467only, as can be seen in Fig. 13. In other words,
time-domain samples having sample indices between 700 and 900 are considered for the provision of
the ACELP information 144, 146 of the fourth audio frame 1352. For the provision of the transform
domain information 124, 126 associated with the fifth audio 5 frame 1362, a dedicated transition
analysis window 1360 is applied in the time-domain-tofrequency-domain converter 130 (for example,
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encoding 10 gifth audio frame 1362 using the transform domain path 120. The dedicated transition

analysis window 1360 comprises a left-sided transition slope (which may be a step increase in some

embodiments, and a very steep increase in some other embodiments), a constant (non-zero) window
portion and ang#htssiskad it dhsitienitss slopmeHoweves, thd idedidensahir avditosramidysiewimow 1360
does not Comﬂﬂﬁﬁeam@yer&aﬁ%mdsﬂeahﬁatwdmeMﬂ@mwn@ma@ﬁmergeeiqated WResition
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frame 1362, dstaingowRdusing.#e S 4008analysifwindawd 840 which isidenfisalde.the G718
analysis windews 334041330, Sad 0588 WiRdowiesh of b firsk avdiaframe. 4 328-a04. e second

audio frame
15 encoded in the transform domain mode, extends from audio samples 800 to 1199 and a

sixth audio frame 1272, which 18 encoded in the transform-domain mode, extends from
audio samples 1000 to 1399. Audio samples provided for the first audio frame 1222 by the
frequency-domain-to-time-domain conversion 423, 451, 484 are windowed using a first G.
718 synthesis window 1220, which may be identical to the G.718 synthesis window 620,
20 according to Fig. 6. Similarly, audio samples provided for the second audio frame 1232 are
windowed using the G.718 synthesis window 1230. Accordingly, audio samples having
audio sample indices between 0 and 399 or, more precisely, non-zero audio samples
having audio sample indices between 50 and 399) are provided for the first audio frame
1222 (i.e. on the basis of the set of spectral coefficients 322 associated to the first audio
25  frame 1222 and the noise shaping information 324 associated to the first audio frame
1222). Similarly, audio samples having audio sample indices between 200 and 599 are
provided for the second audio frame 1232 (with non-zero audio sample having a sample
indices between 250 and 599). Thus, there is a temporal overlap between (non-zero) audio
samples provided for the first audio frame 1222 and (non-zero) audio samples provided for
30  the second audio frame 1232. Audio samples provided for the first audio frame 1222 are
overlapped-and-added with audio samples provided for the second audio frame 1232, to
thereby cancel an aliasing. However, audio samples having audio sample indices between
200 and 599, which are provided for the second audio frame 1232, are windowed using the
second G.718 synthesis window 1230. For the third audio frame 1242, which is encoded in
35  the ACELP mode, (non-zero) time domain audio samples are provided only within a
limited block 1240, as it is typical for an ACELP encoding. However, time domain
samples provided for the second audio frame 1232 and windowed using the right-sided
transition slope of the G.718 synthesis window 1230 extend into a temporal region defined



25 1332. In particular, the left-sided transition slope of the G.718 analysis window 1370 overlaps
temporally with the right-sided transition slope of the dedicated transition analysis window 1360. To
summarize the above, a dedicated transition window 1360 applied for the windowing of 30 an audio
frame encod®PiRbH&FAHsfoini domain following a previous audio frame HcHERH AT RCELP
domain. In this case, audio samples of the previouggframe 1352 encoded in the ACELP domain (for
example, audio samples having sample indices between 700 and 900) are left out of consideration for
the encoding,pfithapuRseduent: frame 302 a05oseddnibe tansiarmadomnain fye 4o the:shape of the
dedicated iraygilion, 3panalysisWipdowd 360 Lorthis purbese, e dediealpd tangjion anglysis
window 1360 comprises a zero po_r%lon ?0( audio .sgmp.es encogéat Ih the ACEL mpdeffor example,
for the audio®sEifisRisOFiRechERlBs s K thisayiehroyipaay /bald p{ scT/EP sprboes7EseyL
Accordingly, th#ieHowevatiasind aiitheanasisition figmithepACHEP imadedditiyestransorgredtmain mode.
Hovlve\éeséﬁ ?«(_%ﬁ&@ﬁéfﬁchlé/ﬂ'ﬁ @%é}{t&%l: ﬁ&ﬁﬁfh&@b%ﬁ&(jﬁi@@tﬁqgé%@%@é@%am&ﬁbwg&qg éh@_@}grgnu?t g?
applied. 5Taking refere ow a4, oding concept.will be describe: ich is adapted to
the encodinga%%%cge%?%?éﬁcﬁugg%ﬁ%l rﬁé%gr%éggg %or?—i?cg %36 Iﬂ'&lﬂt&é OWs & r?gi) hl\(izg?te\f)?%%é%ﬁtation of a
sequence fortiRRdyHediaesrtedhantifg ithausin a’&%&sdfﬂ’@%elﬁtam%’sffﬂ%iﬁéﬂﬁ/ép&s, Fig. 14
shows a graphierepeetthtationiafstheithih segae ndesof syrilgsisgiinilolns, alihsthzmaycddktieed in an
audio signal decadem2RRdagerr diamigifig 3 Anahseissailkfdl seserhenasimeiicierms of audio
sampleg,and ag.oidinale.J44 2 deseribes normalized yindow yalues,6 fist aydioframe 1452 is
encoded in the transform domain m_olale and deco eé using a o) félsynt%e&s window ﬁﬂﬁ%a second
audio frame 3SSIRtgRCOGRERIMe rl56tdnh GuFRai Thothd 4R e qansriytion. P sisynthesis
window 1430¢@thirdesaidisdipadie dd42cibsencodbd dedhizdGizRemade bt edodeat ito 86ain an

ACELP blocla 144Q:.aafenuthaudiedname Idrddsenended iptheAGELR medaandidecadead to obtain
an ACELP blagk 4450, a.fith audierame 1402 s, encadegin he nsform, domammode and
decoded using a o%gl_cateé tran_sﬁ?on synt e&,s_wﬁ%w 14 ) and a six hau 6 frame 1473'is encoded
in the tlansfEIfARdORAR HotE ARt adHasHioRiPgracen7ts ssrmbaislinifiaas 128370c1eeHduld be
noted that the decddimgooirtderfinst anudio freintbcl 422 afdhe fsevond dldicdduh énl A32440ELEf the third

audio frame ddde istdanticati:thesacrsinaisf the avdie:framesd 28wnte3d: 4 3d2sMbighbhas been

described W'E\in%e g&reeﬁf%ﬁ% Ei'(gm%% slﬁlr%\favl%g%rf a subsequent audio frame enceded in the transform

domain.
20
The fourth audio frame 1252 is encoded in the ACELP mode. Accordingly, a block 1250
of ime domatn samples is provided for the fourth audio frame 1252. However, it should be
noted that non-zero audio samples are only provided for a center portion of the fourth
audip frame 1252 by the ACELP branch 340. In addition, an extended left-sided zero
25  portion (audio samples 600 to 700) and an extended right-sided zero portion (audio
~ samples 900 to 1000) are provided by the ACELP path for the fourth audio frame 1152.

A time domain representation provided for the fifth audio frame 1262 is windowed using a
G.718 synthesis window 1260. A left-sided non-zero portion (transition slope) of the

30 G.718 synthesis window 1260 overlaps temporally with a time portion for which non-zero
audio samples are provided by the ACELP path 340 for the fourth audio frame 1252, Thus,
audio samples provided by the ACELP path 340 for the fourth audio frame 1232 are
overlapped-and-added with audio samples provided by the transform domain path for the
fifth audio frame 1262,

In addition, an aliasing cancellation signal 364 is provided at the transition from the fourth
audio frame 1252 to the fifth audio frame 1262 (for example, during the temporal overlap
between the fourth audio frame 1252 and the fifth audio frame 1262) by the aliasing



25 the decoding at the transition from the fourth audio frame 1452 encoded in the ACELP mode to the
fifth audio frame 1462 encoded in the transform domain mode is different. The dedicated transition
synthesis window 1460 differs from the 6.718 synthesis window 1260 in that the left window half of the
dedicated traSifdH&¢Hi¥esis window 1460 is 30 adapted such that the d8HEEEEA FARSiON synthesis
window 1460 takes zero values for (non-zero) audfty samples, which are provided by the ACELP path
340. In other words, the dedicated transition synthesis window 1460 comprises zero values, such that

the tranSfOrmag%n%@%h%&&ﬂbémgﬁi%%%%%mtﬁ@@%Eﬁ@@éﬁ!ﬁﬁi@&ﬁﬁmﬁlﬁa@ﬁ}?j@@tames for
which the A?EthP path &rowdes zerQ t|[ne domalnﬁ% gr%de fo he block 1ﬁ592) 351@&cord|ngly, an

overlap between (non zero t|me malﬁbén s prowde CEEP Pat e au lo frame
1452 (block bt Hol&ehs ﬂmé%rﬁa?ﬁfégtﬁpﬂééeﬂ%)%%?ﬁ a%%ﬁﬁl%a%ﬁ Fés“&lb hethe
transform domail pathaB20niprihdambofrang 16 2psabiidedo Werlap-and-add time-domain
2011/048118RGTIERINL YRR TR 62 Merenyem it shouldre.naledthat) isaddition to the left-sided
zero portion (samples 800 to 899), the dedicated transition synthesis window 1460 comprises a
left-sided constant portion (samples 900 to 999) in WhICh the window values take the center window
value 5 (for éxampiinsiozans of MadeLramsitions i Secomd, Oations 4y oided or at least reduced, in the
left-sided portion of the dedlcated transmon synthesis window 260. The right window half of the
dedicated traﬂsﬁeomwmgsas Mo IR s Rreierabliidantcal tedhadight windenhall of a G.718
synthe%% W@q% rent]'o g mlrttt%zétr&ze tl%e dabove a dedicated transition synthesis window 260 is used
for the Wlndowm 4 When [ providing the time-domain representation 326 of the portion of
the audio content encoded in the transform-domain mode using the transform-domain path 320 for an
audio frame kknbodédimtitedtthmstiormiddrmaig sbdeand dofiowirgFapréViaus Hudialframad encoded in

the ACELP @P@dﬁmﬁmﬂg@lﬁﬁtﬁ@ £E@B§il'l9bﬂt§m§§e$i§ &ﬁtwmﬂptﬁé&%%m prsesiR lefhsisiad zero

portion, Wth(!] may, fo éﬁﬁ lfllpg) of the Ieﬁt half gf the WI ow sample io to 899) and
a left-sided constantnpor |on WhIC may make Uf up Ythe r r’emalnlng samp e?o% &ft half of
the dedicatetitfanitth }s‘ﬁ/ﬁtﬁ@c&?t/\ﬁ faswWhessm{eRingIEdone tﬁc%@)‘gf‘hg’ﬁg HEshak e #edicated

transition syHibésismwindoenlihe \raheadeftidal tathiemyhomalh ofdfie G.718 synthesis window 20
and may comprise an overshoot portion and a right-sided transition slope. Accordingly an aliasing-free
transition befyveelg the frame 1 52 encod %151 tQ]et@CELP porihe E 2 encogled in the

W d, iy IC TSPIese second O
transfoini- dom inm 8 gne er summar|2| S a SGCOTP(% optlon for

low-delay umﬂ@d%%éeﬁl%fl%sl AR E ke i gfen@@e&x}wéemtwﬁr%%@n%%&ﬁa&%sequence
of 0.7180anawsibwindolis{solichikid)P ACE bRiilimewithrkpawsihisd tares) atidsfogwandedbasing
cancellation (gigttadiieg). Forward abasing cancellation is used only for the transitions from the
transform coder (transform-domain path) to ACELP (ACELP path). For the transition from ACELP to
the transform coder, a rectangular %r step-like) window shape (for exarqﬁle 30samples 800 to 999) is

used for the TORFGIEE e REFARSHIBHORINRA1 Y f9TtiRe (FER&HdpR from the fransform! coder to

ACELP. For the transition from ACELP to the transform coder, a rectangular window
25 shape is used for the left side of the transition window to the transform coding mode.

Taking reference now to Fig. 13, an abscissa 1310 describes a time in terms of time
domain audio samples and an ordinate 1312 describes normalized window values. A first
audio frame 1322 is encoded in the transform domain mode, a second audio frame 1332 is

30  ecncoded in the transform domain mode, a third audio frame 1342 is encoded in the ACELP
mode, a fourth audio frame 1352 is encoded in the ACELP mode, a fifth audio frame 1362
1s encoded in the transform domain mode and a sixth audio frame 1372 is also encoded n
the transform domain mode.

35 1t should be noted that the encoding of the first frame 1322, of the second frame 1332 and
of the third frame 1342 is identical to the encoding of the first frame 1122, of the second
frame 1132 and of the third frame 1142 described with reference to Fig. 11. However, it
should be noted that audio samples of the center portion 1350 of the fourth audio frame



coding mode. Fig. 14 shows a graphic representation of a sequence for the synthesis corresponding to
the analysis of Fig. 13. 35 3.5.Discussion of the Options WO 20111048118PCT/EP2010/065753 53
Both options (i.e. the option according to Figs. 11 and 12 and the option according to Figs. 13 and 14)
are currently ¥8¥itéHEa # the development of a low-delay unified-speecHEakhdBEHit¥8dihg. The first
option (according to Figs. 11 and 12) has the advaf’ﬂage that the same window with a good frequency
response is used for all blocks of the transform 5coding. However, the disadvantage is that additional

data (for examphesthenfeumardsall &@%@L@e%@ﬁ 'fﬁ@r&ﬁ'%@&ﬂ%@q@&x%%g fos the o part. The
second option has he a vanta?éat at Ro addltlon éta is g}vqlred SBwvard allglsde q

cancellation (FA ) |1r11nﬁ1e0trr1§1r}i%l rom%&@%l.% Ircéfr?s Srrﬁeéloder IS 1S fbeespec 1ally a

advantage iffaic8pERviRRabths F@S&%’o‘“ﬁ%ﬁ@r It HiSRIVEAEYE Tsabe tﬁﬁ%“f?ehﬁ@ngf?fresponse
of the transitiba pirndow (360 tormi 2661 dsneadrselthewatibatl G 1He havahwinedolvtit 3R, 4386, 1370;

1420, 1430, 34:0):1 335 MW&%&I&%M@Q%H%W%WE%@Q iand e dolewing.another

option will b dlscuss Athlr op tion i earect ngular window ; also forg} Si of the
transform co e?‘uto c():\(/)vne\%tr th%ﬁt)h E\/%\?Ou catise an agd11 fio ’dglg? Bg e decision

between the@@ﬁ%‘#&ﬁ@cé%’éﬁ’i&%wlﬁ%ﬂ@% WOWQ fartie in el Enshnkf) T‘ﬁ‘lﬁ%, this
option is notamotiayd fibe Z0lotk-delay fnmife d35p dechaing: ahedivansing fidevarthe{eBEPthedihird option
may be usedjfisane:& MERAMe BEMAUNISISRI AR NS THINRYTEIRVIBE Ion when encoding

10 the fifth audio frame 1362 using the transform domain path 120,

The dedicated transition analysis window 1360 comprises a left-sided transition slope
{which may be a step increase in some embodiments, and a very stecp increase in some
other embodiments), a constant (non-zero) window portion and a right-sided transition
15 slope. However, the dedicated transition analysis window 1360 does not comprise an
overshoot portion. Rather, the window values of the dedicated transition analysis window
1360 arc limited to the window center value of one of the G.718 analysis windows. It
should also be noted that the right window half or the right-sided transition slope of the
dedicated transition analysis window 1360 may be identical to the right window half or the
20 right-sided transition slope of the other G.718 analysis window.

The sixth audio frame 1372, which follows the fifth audio frame 1362, 1s windowed using
the G.718 analysis window 1370, which is identical to the G.718 analysis windows 1320,
1330, used for the windowing of the first audio frame 1322 and the second audio frame

25 1332, In particular, the left-sided transition slope of the G.718 analysis window "13’70
overlaps temporaily with the right-sided transition slope of the dedicated transition analysis
window 1360.

To summarize the above, a dedicated transition window 1360 applied for the windowing of

30 an audio frame encoded in the transform domain following a previous audio frame
encoded in the ACELP domain. In this case, audio samples of the previous frame 1352
encoded in the ACELP domain (for example, audio samples having sample indices
between 700 and 900) arc left out of consideration for the encoding of the subsequent
frame 1362 encoded in the transform domain due to the shape of the dedicated transition

35  analysis window 1360. For this purpose, the dedicated transition analysis window 1360
comprises a zero portion for audio samples encoded in the ACELP mode (for example, for
the audio samples of the ACELP block 1350).



Alternative Embodiments 254.1. Overview In the following, another new coding scheme for
unified-speech-and-audio-coding (USAC) with tow-delay will be described. Specifically, it can be
based on switching between the frequency-domain codec AAC-ELD and the time-domain codec
AMR-WB or RRMEANEE 80 The system (or, embodiments according to thBGHERAYHIH &intains the
advantage of content-dependent switching betweeﬂ an audio codec and a speech codec, while
keeping the delay low enough for communication applications. The low-delay filterbardc (LDMDCT)

used in AACA%b@diﬁg{Si”a%%a@dl@fél%ﬂ%%bméf aasiiosh WHRIoWS ARHE SlIQW & Qﬁ@&?&fﬁﬂ%ﬁo and from

a time-domaijn codec Ut introdycin additional dela compar ag 0 AAC- EL

2011/0481léliB[E'}aivfl':nl5 101065 753" gth s egu én%% “hoted ﬂ1a éﬁj cocr{:(]:c{;{batjce e%sf%n%mgllnnt%g oIIowmg
may be usediHIRE A3florasshis aMRiGHkr 100 according to Fig. 1 and/or in the audio signal decoder
300 according to Fig. 3. 5 4.2. Reference Example 1: Unified-Speech-and-Audio-Coding (USAC) A

so-callegd U%ﬁ@%@&@l&%@%@@nw@m@@m@ M@m@%@ﬂ@s&%@e@hlmqu@diﬁt&hednUSIC
mode, a MD g’ bag dec %'H‘é@ds%%cf‘w (AAC) is utilized. In the speech mode,

OHC l’ecieldea i& % r%g
a codec similar to a aptve-multi-rate-wide ancf) 8& is 10 utilized, which is called
"LPD-mode" in the USAC codec. Special care is taken to allow smooth and efficient transitions

between theRwolrhgdes; agrdplsicribpasentimefollbaving. dncthief oo wimd s oomoepofiding traghsition from
AAC to AMRnWBsswilkhi@ideseihed3. In other words, Fig. 14 shows a graphic representation of the
10 sequence of synthesis windows, which may be used in an audio signal decoder 300
according to Fig. 3. An abscissa 1410 describes a time in terms of audio samples and an
ordinate 1412 describes normalized window values. A first audio frame 1422 is encoded in
the transform domain mode and decoded using a G.718 synthesis window 1420, a second
audio frame 1432 is encoded in the transform domain mode and decoded using a G.718
15  synthesis window 1430, a third audio frame 1442 is encoded in the ACELP mode and
decoded to obtain an ACELP block 1440, a fourth audio frame 1452 is encoded in the
ACELP mode and decoded to obtain an ACELP block 1450, a fifth audio frame 1462 is
encoded in the transform domain mode and decoded using a dedicated transition synthesis
window 1460, and a sixth audio frame 1472 is encoded in the transform domain mode and
20 decoded using a (G.718 synthesis window 1470,

It should be noted that the decoding of the first andio frame 1422, of the second audio
frame 1432 and of the third audio frame 1442 is identical to the decoding of the audio
frames 1222, 1232, 1242, which has been described with reference to Fig. 12. However,
25  the decoding at the transition from the fourth audio frame 1452 encoded in the ACELP
mode to the fifth audio frame 1462 encoded in the transform domain mode is different.

The dedicated transition synthesis window 1460 differs from the G.718 synthesis window
1260 in that the left window half of the dedicated transition synthesis window 1460 is

30 adapted such that the dedicated transition synthesis window 1460 takes zero values for
(non-zero) audio samples, which are provided by the ACELP path 340. In other words, the
dedicated transition synthesis window 1460 comprises zero vaiues, such that the transform
domain path 320 only provides zero time-domain samples for sample time instances for
which the ACELP path provides zero time-domain samples (1.e. for the block 1450),

35  Accordingly, an overlap between (non-zero) time-domain samples provided by the ACELP
path for the audio frame 1452 (block of non-zero time domain samples 1450} and time-
domain samples provided by the transform domain path 320 for the audio frame 1462 is
avoided.



Using this concept, the last frame before switching to AMR-WB+ is windowed with a 15 window similar
to-a "start" window in advanced audio coding (AAC), but with no time-domain aliasing on the right side.
A transition area of 64 samples is available, in which the AAC-coded samples are cross-faded to the
AMR-WB-E-¥ddétf 8#iifes. This is illustrated in Fi% 15. Fig. 15 shows a §ragHiédi5ré3entation of a
window used at a transition from AAC to AMR-WB#in a unified-speech-and-audio coding. An abscissa
1510 describes a 20time, and an ordinate 1512 describes a window value. For details, reference is
made to Fig. 15. In the foIIowing a concept for a transition from AMR-WB+ to AAC will be described
brifly. When switchin adv nced udlo ?d irst AAC .frame is 25 dowed with
a window |de€ﬁ1{é’|c:§1)lV 89#1) be m% g\?\?oﬁ}&&é i this @Qﬁ) me - d6ma nog %ls?r]lg 18 mtrogluced in the
cross-fade r§ﬁ%b,"\]iiﬁ1léﬁii§ é@%ﬂtWﬂi’é‘mF@ﬁané’@&in COPRESS rlited iyt FREHE-domain
aliasing in thsotime-demams-206d e FVRW BAislytial wWihis s Wiistsatdd thd-ign®6 widicly shbws a

graphic Sepr%@@ﬁ%ﬂﬁeof)ﬁcﬁfé Cﬁ@&fﬁf’u‘z’gi&a%&ﬂﬂg fremAMR: W@rﬁé@ AACADRBSESSH 1310
describes a } rlzge];(? g[) terms ¢ (%g) s%{nﬁes an ﬂ{ggﬁat Sl\ijl%bes Wlnd W vgl s. For
further details, reterence Is ma (E: Esé (ﬁlesf\erence Xxam anced Low-Delay
AAC (AAC-E Dheasvdigaisst G&Hé%méhﬁéﬁé@ﬂ%%@@lﬁy%&blﬂ(@F@gﬁﬂ?&ﬂy%@%éfé&lasn%}xc ELD" or
"advanced-autidegomiigrEndhcedddwsdetaytipeodec is based on a special low-delay flavor of the
modified- discrete cosine transform (MDCT), also called "LD-MDCT". In the LD-MDCT, the overlap is

extend factor of.four, instead of ctor, of tw for the WO 201 /048 é&SPCTl 2010/065753
55 MD ?IS IS amnleve{ Wl‘%ouef ad(? ?l‘fna{% %e astich theb (} In an urd]Esgm%etrlcal way

asth over |s acyae

and it only uHPEVERRMARS fFom ﬂ$é=p%(§?ﬂdmwéfaaqéfreham 41%@%&@5%%%%@%&%% reduced
by some zerpovatnest dire theliightrsiche efdhednalysisrwvistdow ddheiamabdsisamng thyrithegismindows are

illustrated in fgginl faaNthd GoMheI8Ho frame encoded in the transform-domain mode and following
a previous audio frame encoded in the ACELP mode. The dedicated transition synthesis

15 window 1460 comprises a left-sided zero portion, which may, for example, make up 50 %

of the left half of the window (samples 800 to 899) and a left-sided constant portion, which

may make up the remaining 50% (+/-1 sample) of the left half of the dedicated transition

synthesis window 1460 (samples 900 to 999). The right half of the dedicated transition

synthesis window 1460 may be identical to the right half of the G.718 synthesis window

20  and may comprisc an overshoot portion and a right-sided transition slope. Accordingly, an
aliasing-free transition between the frame 1452 encoded in the ACELP mode and the

frame 1462 encoded in the transform-domain mode may be obtained.

Further summarizing, Fig. 13 shows a second option for low-delay unified-speech-and-

25  audio coding. Fig. 13 shows a graphic representation of a sequence of G.718 analysis
windows (solid line), ACELP (line marked with squares) and forward aliasing cancellation
(dotted line). Forward aliasing cancellation is used only for the transitions from the
transform coder (transform-domain path) to ACELP (ACELP path). For the transition from
ACELP to the transform coder, a rectangular (or step-like) window shape (for example,

30 samples 800 to 999) is used for the left side of the transition window 1360 to the transform
coding mode.

Fig. 14 shows a graphic representation of a sequence for the synthesis corresponding to the
analysis of Fig. 13.

35
3.5. Discussion of the Options




5 Fig. 17 shows a graphic representation of an analysis window of LD-MDCT in AAC-ELD, and
wherein Fig. 18 shows a graphic representation of a synthesis window of LD-MDCT in AAC-ELD. In
Fig. 17, an abscissa 1710 describes a time in terms of audio samples, and an ordinate 1712 describes
window valu&¥? AkHERT80 describes the window values of the analysis WiR@&R21H£1§7588, an
abscissa 1810 describes the time in terms of audlé%amples 10an ordinate 1812 describes window
values and a line 1820 describes the synthesis window. The AAC-ELD coding utilizes only this window

and does noBytilizgtaAY @W'%@'B&Bﬁw&gﬂiﬂlé@?%@fi@@ﬁ& lengi awhishoy auid inire g dlelay. This
one Wmdowﬁ% ‘51 analysis 'n%%\é\{%l é)a cor. to Fi 7 g\;\{}l&& ca&% f({:lg] gelégll_%n%gnal
encoder, an heﬂl i/ t?}e5|s ACCor (1 for the case of anaudio signal
decoder) serisdo e t@ﬁé Rt BeER AR %rgrasér Stetishiey Bt thsr asmaieds Sk,
4.4.Discussisaref theddeferehce focedniptgscACynrthpofoltowinggda foriefldidodssioh thE thendberence
examples d%@fdﬂe@mom4&m& a/wié teﬁapra)a/dﬁﬁﬁram@ty%ﬁp cofgaallmysswiiehing

between an udLo Cgan%%lf"ﬁo 1 rﬁ;{))eecpo e CO ing Aelroduces delay. As there is a

transition Wlnddé’mﬁecessary Itio perform {ﬁ tranS| on toc}Ee spée c mode, a took-ahead is
necessary in order to determine whether the following frame is speech-like. If yes, the current frame
has to be wifitiowerbnvithptive: thamsittomiwandgo (iEhuws, hdstematdptassnatappdopriabe foreacdding
Sﬁstem inth @éxk%\mgiséﬁyewmiﬁh(iw@%rﬁ% f@ﬁr%%@ﬁéﬂ@if@(@ﬁ@”%@@@%sf%@rﬂd esdéA@hEhP Codﬁc
allows a,Jow-delay for communicat ic ut for. spe nals code, tes the
perform?gnce c}? tﬁéﬁ 5 ad amd e E E&%gca é° %‘réecﬁc a[ o(rPex%(l%lrrﬁgf1 h“

which also h&§ P%WW@%TQW%WM%@&B&%M% @éé% %dﬁé%éﬁ wm%aﬂqéwaéfaféfﬁe
desirable to switch 35:betwéi ABCBELT(and 28 spBéchddddlec in order to have the most efficient
coding mode available for both speech and music signals. It has also been found that this switching

should ideally pot agd any.additignal delay.1g the system. WO 2011/048118PCT/EP2010/065753

15
In the following, another option will be discussed. A third option is to use a rectangular
window also for the transition of the transform coder to ACELP. However, this third
option would cause an additional delay, as the decision between the transform coder and
ACELP has to be known one frame in advance then. Thus, this option is not optimal for
20 low-delay unified-speech-and-audio coding. Nevertheless, the third option may be used in
some embodiments where delay is not of highest relevance.

4. Alternative Embodiments

25 4.1, Overview

In the following, another new coding scheme for unified-speech-and-audio-coding (USAC)
with low-delay will be described. Specifically, it can be based on switching between the
frequency-domain codec AAC-ELD and the time-domain codec AMR-WB or AMR-WB+,
30  The system (or, embodiments according to the invention) maintains the advantage of
content-dependent switching between an audio codec and a speech codec, while keeping
the delay low enough for communication applications. The low-delay filterbank (LD-
MDCT) used in AAC-ELD 1s utilized and amended by transition windows, which allow a
cross-fade to and from a time-domain codec, without introducing any additional delay
35  compared to AAC-ELD.



56 It has been found that for the LD-MDCT as used in AAC-ELD such a switching to a speech codec is
not possible in a straightforward way. It has also been found that a possible solution of coding the
entire time-domain {)ortion covered by the LD-MDCT windows of the speech segment would result in a
--huge overhe 3P RIS four-times (4 x) overlap of 5 the LD-MDCT. In o]r)&:"er@"tgzpé?ﬁé@%ne frame of
frequency-domain coded samples (for example, 512 frequency values), 4 x 512 time-domain samples
would have to be coded in a time-domain coder.  In view of this situation, there is a desire to create
a concept whichqravidesadaiteriacmdHoiibetiveencodingeificignayy delayesdnd audipdpality. 4.5.
windowing GeRaeBll:eMIdGELAIFARD o 114N IRURYIAG,0.ARPINAER AEGALINSH R AR SRjaRdIment of
the invention will_ be 15described, which alldws for an efficient and delay-free swﬂc?ung between
AAC-ELD aﬁ:dga%ime-domain codec. In the proposed approach presented in this section, the
LD-MDCT of the AAC-ELD is utilized (for example, in the time-domain-to-frequency-domain converter
130 or i3 the420) frerepre-dpRaristdQ-timesdemaactamderedidI0) and@manded by transition windows
which allow efficient switching to a time-domain codec, without introducing any additional delay. An
example window sequence is shown jn Fig. 19. Fig, 19 shows an example window 25 sequence for
switching befWEEHARCLEAG SRFAMESSHETPERRYET A6, HRAHEI PG e bes a time
in terms of athginesimplals.cnblak brefisriteotige 2iaise iibedviwineibivdialcednE oA déthiksutdiyadding the
meaning of thetaurvescteteseace s deadeniddheolegapehofinigi-19e I fcomexampler Fig-L9ishows

LD-MDfuT analysis ‘wﬂl@%%ﬁé@%ﬁ%%d@ﬂ\ﬂB%§xm%§l§c%§§98ﬂsc$%%9%%8§9§a \yeighting
1940 for a tlme-d%lrgﬁ?ﬁ%é)ded s%nal ang)a weighting 1950a, 1950

for a time-domain aliasing of a
e domain SR BB LR AR S ARORIRL ST o SELEAB8. To forthor
explain 35 the sequence of analysis windows, Fig. 20 shows the same sequence (or window
sequence) (for @xapIRieithe S amepiTeOw BRGHRICEdSS AN AigR I BWIthULEGspEB@sSIS

windows. Anyalhiscigsa 2010, deseriness. e iniermsohaydio zampiesand anardingts 4012

describes window values. In other words, Fig. 20 shows an example analysis window WO
2011/04811 d )Eégg%i%gg?%\@%#ndoug m advanced aud?o cod?ng (AA(%), %ut Wgt no time-
domain aliasing on the right side. A transition area of 64 samples is available, in which the

AAC-coded samples are cross-faded o the AMR-WB+-coded samples. This is illustrated
in Fig. 15, Fig. 15 shows a graphical representation of a window used at a transition from
AAC to AMR-WB+ in a unified-speech-and-audio coding. An abscissa 1510 describes a

20 time, and an ordinate 1512 describes a window value. For details, reference is made to Fig.
15.

In the following, a concept for a transition from AMR-WB+ to AAC will be described
brifly. When switching back to advanced audio coding (AAC), the first AAC frame is

25  windowed with a window identical to the “stop” window of AAC. In this way, time-
domain aliasing is introduced in the cross-fade range, which is canceled by intentionally
adding the corresponding negative time-domain aliasing in the time-domain-coded AMR-
WB+ signal. This is tllustrated in Fig. 16, which shows a graphic representation of a
concept for a transition from AMR-WB+ to AAC. An abscissa 1610 describes a time in

30  terms of audio samples, and an ordinate 1612 describes window values. For further details,
reference is made to Fig. 16.

4.3. Reference Example 2: MPEG-4 Enhanced Low-Delay AAC (AAC-ELD

35  The so-called “enhanced low-delay AAC™ (also briefly designated as “AAC-ELD” or
"advanced-audio-coding-enhanced-low-delay™) codec is based on a special low-delay
flavor of the modified-discrete-cosine transform (MDCT), also called “LD-MDCT”. In the
LD-MDCT, the overlap 1s extended to a factor of four, instead of a factor of two for the



sequence for switching between AAC-ELD and a time-domain codec. For details regarding the
meaning of the lines, reference is made to the legend of Fig. 20. Fig. 20 shows LD-MDCT analysis

windows 2029a—2020e, a weighting 2040 for a time-5domain coded signal, and a We?itf;hting 2050a,
2050b for i Bfasing of the time- domain signal. It can be seen T ERF B S e sequence
consists of normal LD-MDCT windows 2020a, 2020b (as shown in Fig. 17) up to the point where the

time-domain codec takes over. There 10 is no special transition window necessary for the transition
from AAC-EnMDioTthertimexdaphaincgodegolhusididinokiaheadids mecessddy for thrigleaisian to switch

to the time-dgmaj %99&%@3%%%3;%@9&%%&9@%9@ ARlavas peseanar e fransition,from the

: A
time-domain codec to AAC ere’is a special transition 15 window 2020c required, but only the

left part of tHER FoWWHIEE o9erPAPSSHitl M ETdoraHiR® B chesir (iftithidd BYaNE Wweighting
2040 for thewimdodoriairasaided signafilissdifferstovfsorre tHisioserh ARG El'Dandntowd12620a, 2020b,
2020d, 3OZQHgTWSsH&%H@@pMBQ@;We?&gﬁ%{ﬁdﬂuﬁtﬁﬂwﬁﬁ@\ﬁ@@&afEDCMD[HD@EQQAIQJBEIH?M@
AACELD an IS, Wi in, Ei 9. 2 ' i : ysis
indow 2020 o e I ibes o

time in term&of aGatd-Sarfiblag; hhdaAPsriatd Do cHBER ALBRSEBIF Vhilo s8RniRs 2ho
describes wisdonivatie &1 Sfdtrsriiralysislovinddws2 @2 e dl 2fderstitwscheheipdsitivrlweithiftithe window.
Fig. 21b shoysiasgraphieweprasgntatianefdResarraly sisaineane 20208 @d20 Jonalisansifng, from

ime-dagain,codeg 1o ANG-ELDisolidling) cameared, e hesprmal BAAMCIRHR ANGIYSIFwindow
fime-d F854 A0 B el e Fameaied, B PABII AL AR AL Bl

2020a, 2020b, 2020d, 2020e, 2170 abscissa 2160 describés a time in tenns of audio
samples, and an ordinate 2162 describes (normalized) window values. For the sequence of an

analysis windbevé.i(=lg. R Ocitdsh uldl ifgstvst b é sovad dert sl thecs Sreinalijisis snndowshmgicH follow the
transition widewew 2@eder BRidNake USRI aouptissBRiesiedy OTHE sienNaeieWaElOf #e transition

window 20206, Althquah,1hass pndeu- G HEe MR BAAWMAUERATG RICURE R Fig 4R in the

actual processirig they.are not . . o
15 synthesis window 1820 according to Fig. 18 for the case of an audio signal decoder) serves

well for any type of audio signal, both for stationary and for transient signals.

4.4.  Dascussion of the Reference Examples

20 In the following, a brief discussion of the reference examples described in sections 4.2 and
4.3 will be provided.

The USAC codec allows switching between an audio codec and a speech codec, but this
switching introduces delay. As there is a tramsition window necessary to perform the

25 transition to the speech mode, a look-ahead is necessary in order to determine whether the
following frame is speech-like. If yes, the current frame has to be windowed with the
transition window. Thus, this concept is not appropriate for a coding system with a low-
delay, which is required for communication applications.

30  The AAC-ELD codec allows a low-delay for communication applications, but for speech
signals coded at low bit rates the performance of this codec lags behind that of dedicated
speech codecs (for example, AMR-WB), which also has low delay.

In view of this situation, it has been found that it would therefore be desirable to switch

35  between AAC-ELD and a speech codec in order to have the most efficient coding mode
available for both speech and music signals. It has also been found that this switching
should ideally not add any additional delay to the system.



WO 2011/048118PCT/EP2010/065753 58 applied to the input signal. This is achieved by zeroing the
analysis windowing input buffer left of the non-zero part of the transition window 2020c. In the
following, details on synthesis windowing will be described. The synthesis windowing may be used in
the audio de®fdét'dd4ttied above. For the synthesis windowing, Fig. 22 ¥hbiEhE%sHFésponding
sequence. The sequence looks similar to a time-reversed version of the analysis windowing, but due
to the delay considerations it deserves some individual description here. 10 In other words, Fig. 22

shows a graphigJepssenationofanexamplesyntissiswindawcaausneeHar switehingheiween
AAC-ELD ang e o sodese ROl Sialla agaraing emestiogaling lnes,fo/aiagspis made 0

the legend ofFig an abscis escribes a time in terms of audio samples, and
an ordinate 5% %%%Eﬁ%g BRASGANRES I PRE D PRI STBEM BE 8 RS iR 28504 to
2220e, a weibhtinerdPagioma timwt domiain edued sigralkdnthatweighitingt2e50d, 22560400t

time- domalnt@élmmgf@rn@nmltb abe 2hBefRiR MIMMB@%MQ&H&I%MMﬁdomam

codec, there s, gng uapsoninday, g@g’srttt%sdetgttﬁg el gl 23, Thisdmnaltion

window 2220¢ owe ot miroduce any additiona ecause the left part
of this wrndoWl‘?/\ftﬁE‘h"tE ‘fﬁ@cﬁart for the overlap-add to be-completed, and thus for the perfect
reconstruction of the time-domain output of the inverse LD-MDCT, is identical to the left 25 part of the
normal AACHE LW WItHHeSismiRG0 W den Lxamplewddtae syrhesis wild as. (d208124 208.2220d,
2220e) s cap v‘eeeeelnc(f)r m F G}‘%Sb %engll I ttealh(eo ]6%%3%5 window sequence, it should also be
noted- here tﬁatt e parts o ’tn e synnh SIS oWs 2 220b preceding the transition window
2220c, which are visible rrght of the nonzero part of the transition window 2220c, actually do not
contribute todthe olintisiving A pTCHiTE derheeiation, this is achieved by zeroing the output
of these windows right to the non-zero part of the transrtron wrndow 2220c. When SW|tch|ng back

ffom the timg davlgw;@g e A@§&'ct? . o?&Sg'%!%thde%%&tﬁe oyl TRRRRNSAC-ELD

synthesis windo d rlght romt eginning o the signal
portion w9t fépéwe iSRRG a%?talgaﬁrar@%e%é%r%%ﬁt&é 2312
describes wr‘rmi@vdmatwesodmme 2320 describes values of the synthesis window 2220c as a function of
the ideal sample position. Fig. 23b shows a graphic representation of a synthesis window 2220c for a

oynhesi &?%?ﬁ%%gt%a%é@%%§t%%@8°§£ﬂ BRI @Wﬂ‘?éf“&m e bes a
time in terma!BRZGAI&OE SRl i the SIRIRdeR S BE HegHARR O AR WinkinPT R di

20 frequency~domdm~to-t1me domain converter 330) and amended by transition Wm.dows

which allow efficient switching to a time-domain codec, without introducing any
additional delay.

An example window sequence is shown in Fig. 19. Fig. 19 shows an example window

25  sequence for switching between AAC-ELD and a time-domain codec. In Fig. 19, an
abscigsa 1910 describes a time in terms of audio samples and an ordinate 1912 describes
window values. For details regarding the meaning of the curves, reference is made to the
legend of Fig. 19.

30 For example, Fig. 19 shows LD-MDCT analysis windows 1920a-1920e, LD-MDCT
synthesis windows 1930a-1930e, a weighting 1940 for a time-domain coded signal and a
weighting 1950a, 1950b for a time-domain aliasing of a time-domain signal.

In the following, details on the analysis windowing will be described. To further explain
35 the sequence of analysis windows, Fig. 20 shows the same sequence (or window sequence)
{(for example, the same window sequence is shown in Fig. 19} without the synthesis
windows. An abscissa 2010 describes a time in terms of audio samples and an ordinate
2012 describes window values. In other words, Fig. 20 shows an example analysis window



10In the following, a weighting of the time-domain coded signal will be described. Although shown both
in Fig. 20 (analysis window sequence) and Fig. 22 (synthesis window sequence), a weighting of the
time-domain coded signal is only applied once, and preferably after the time-domain coding and
decoding, i.e™ /A& er 300. It could, 15 however, also be applied alférfZEFeH#%3é encoder, i.e.
before the time-domain coding, or both in the encoder and in the decoder, such that the resulting
overall weighting corresponds to the weighting function employed in Figs. 19, 20 and 22. It can further

be seen fron.thrae:fiauteabhaldheraveaiall fangerphimerdemiainsaupies 2o asvaredhydhs weighting
function (So'kﬂé'&%a%}% k{?fdxhvé:”mx gls?g%fé%@[g%%{&%gé)fﬁcl)ﬂ%%é(i%go%lkglegélzdp.nger than two frames of input

samples. More precis€ly, in this example samples coded In time-domain are needed to fill
the gap introduced by two frames (with N new input samples per frame) not coded by the
LD-MDCT-baged¢otewsif foMx@mpia/ b t2ndhen 205022088 time<dgdniain20dmhpies: awe to be

coded irstimgo AGdamain insisadmaf 23aldapectabyatuess Thusnauoverheradplamnbalia frame is
introduced bgoﬁygiﬁcgig;i%i[o the time-domain codec and back. In the following, some details regarding
iasin

the time-domain ali g will be described. In the transitions to the time-domain codec and back to the
transfolin codec, time-domain 30 aliasing is introduced intentionally in order to cancel the time-domain
aliasing intrdtlueeddyethemEighlbiinag thOsi DB Te coug sl fraimesmBlok2XdMOTE whddimsetitmain
aliasing may2beointeaduesd Ryrhe Bliaging eapeallalipgsigpabrravicden 36dedhedasbed lings marked

with dotg and des; ith.1950a., 1950h, 2050 50b, 2250a. 2250 reprasent the weighting
functon Tor syt o v R T he B e R e D

omain co signal Is multl his 35weighting function

and then adde848s palas el SuBt 0t rbm BEESHITY SR (e e Qi EitiaiariE di&-reversed
fashion. 4.6.ivdoGorskit. Avd dhditmR RAeMIG 20 1it/o1 B 1E8BRGTYEP2010/065753 60

In the transition from the time-domain codec to AAC-ELD, there is a special transition
15 window 202Q0c required, but only the left part of this window, which overlaps with the
time-domain coded signal (indicated by the weighting 2040 for the time-domain coded
signal), is different from the normal AAC-ELD windows 2020a, 2020b, 2020d, 2020e.
This transition window 2020c 1s illustrated in Fig. 21a, and compared to the normal AAC-
ELD analysis window in Fig. 21b.
20
Fig. 21a shows a graphic representation of an analysis window 2020c¢ for a transition from
a time-domain codec to AAC-ELD. An abscissa 2110 describes a time in terms of audio
samples, and an ordinate 2112 describes window values.

25 A hne 2120 describes window values of the analysis window 2020c¢ as a function of the
position within the window.

Fig. 21b shows a graphic representation of the analysis window 2020c, 2120 for a
transition from time-domain codec to AAC-ELD (solid line) compared to the normal
30  AAC-ELD analysis window 2020a, 2020b, 20204, 2020¢, 2170 (dashed line). An abscissa
2160 describes a time in terms of audio samples, and an ordinate 2162 describes

{(normalized) window values.

For the sequence of an analysis windows in Fig. 20 it should further be noted that all the
35 analysis windows which follow the transition window 2020c¢ do not make use of the input

samples left of the non-zero part of the transition window 2020¢. Although these window

coefficients (or window values) are plotted in Fig. 20, in the actual processing they are not



In the following, an alternative design of lengths of transitions will, be described. Having a closer look
at the analysis sequence in Fig. 20 and the synthesis sequence in Fig. 5 22, it can be seen that the
transition windows are not exactly time-reversed versions of each other. The synthesis transition
windows are Btk ime-reversed versions of each other. The synthe®iS#R#HERIBF Window (Fig.
23a) has a shorter non-zero part than the analysis*fansition window (Fig. 21a). Both for the analysis
and for the synthesis, the longer as well as the shorter versions would be possible and could be

chosen 10 independemiynIRWEMET TR AIG R3S AR MAY RS SROWRIBLSIGSHAR BlE22) due to
several reas% s.ﬁf'[tg]further elaborate on this, the .ve(-}gsméw/gth both Choices made differently as plotted
.24'8 n

in Fig. 24. Fi fo g"ﬁeléorgﬁﬁig r‘éﬁr%%résﬁttlgﬁo%l% alt five choices of transition windows for 15
window sequence switching between AAC-ELD and time-domain codec. In Fig. 24, an abscissa 2410
describes a time in teons of audio samples, and in ordinate 2412 describes window values. Fig. 24

shows LD-MRG.analysis.ingaws 2420 24208nkRMP GHsYENGsIS-wigdons 2430R4Q 2430e, a
weighting 2440 {sor time-domain cq%ed Sig nalié‘mdéia nggh %g 2[?41130 to 2450b f}%a ime-domain
aliasing of th‘?ﬁrﬁ‘e"—f&%m%&l" sﬁn%ﬁc ofdetaild rﬁ%? ?ng Tfire t)?1 BESreffetite 38 to the
legend of Figvipdovtieantie déetherat e tArsTatnoritiy S st isl SRR MFIdods, thelwetgliting
functions fortitve-tinesddmaisialiasidg ianthesRAGaHELDHg tineddomaincddes vansdtanimextended to
the left. This means thak-anaddiieaalRerignefdime-domain signals is needed, just for the 25 sake of

the inte{g:[ional time-domain aliasing (or time-domain aliasing cancellation), not for the actual
cross-fade. This is assumed to be inefficient and unnecessary. Therefore, the alternative of a shorter
synthesis trafisiieiT WRTdoOW nd ¢ shassperiinigly ECRIFSPIER PR smetiAtamasiket kedforigge ¥hown in
Fig. 19) is pretarec: flur theiirhing herwiramAAEEDDRO thectioerdoraisccoded:30:Qasthéngther hand,
for the transitign framn the HPeHeMaR SRIGCHAAACHE 1D $R9sten analysis transition window in

Fig. 24 (compared to Fig. 19) results in a worse frequency response for this window. Also, the longer
time-domain aliasing region in Fig. 19 does in this transition not require any additional samples to be
coded by thértiﬁwé%nﬂair@%wé%?éé%@wé?é adifples Wraawdirshe fionpigte it erderaidcodec
anyhow. Thezreésdréadterndtive efiecfomger 2easisiianvind angebesaspandingl\2 22enger

time-domainﬁﬁeéjqw@qgm a34p fJga ﬁ%)eﬁ&&%ﬁﬁ%@&’ei%ﬁ%ﬁi%&%iQk%ﬁ%ﬁ&ﬁ% hedimerdamgin codec to
AAC-ELD. WO 2011/04811 gC?t/iEP 010/.06575§ 61 However, it should be noted that in some
r

embodiment2dF & ERCHEER and e aecsdEr 300, the windowing scheme according to Fig. 24

may be applied, even though the application of the windowing scheme of Fig. 19 in an audio encoder
100 or 2 auBidodte codehi3Q0 fappearsddihiingoalbagisomvadiantaies. there is one transition

window 2220c, which is plotted in detail in Fig. 23a. This transition window 2220c¢ does,
however, not introduce any additional delay in the decoder, because the left part of this
window, which is the part for the overlap-add to be completed, and thus for the perfect
reconstruction of the time-domain output of the inverse LD-MDCT, is identical to the left

25  part of the normal AAC-ELD synthests window (for example, of the synthesis windows
(22202, 2220b, 22204, 2220e), as can be seen from Fig. 23b. Similar to the analysis
window sequence, it should also be noted here that the parts of the synthesis windows
2220a, 2220b preceding the transition window 2220c¢, which are visible right of the non-
zero part of the transition window 2220¢, actually do not contribuic to the output signal. In

30  apractical implementation, this is achieved by zeroing the output of these windows right to
the non-zero part of the transition window 2220c.

When switching back from the time-domain codec to AAC-ELD, no speciai windows are
required. The normal AAC-ELD synthesis window 2220e can be used right from the
35  beginning of the AAC-ELD coded signal portion.

Fig. 23a shows a graphic representation of a synthesis window 2220¢, 2320 for a transition
from AAC-ELD to time-domain codec. In Fig. 23a, an abscissa 2310 describes a time in



5 4.7. Window Concept According to Fig. 25 In the following, an alternative windowing of the
time-domain signal and an alternative framing will be described. 10 In the description so far, the

time-domain sg_nal is considered to be windowed only once, after applyi c?the time-domain encoding
and decodind® THIE WA wing process can also be split into two stages, difd BERIE P ¥me-domain
encoding and one after the time-domain decodlng5%‘hls is illustrated in Fig. 25, in the transition from

AAC-ELD to the 15 time-domain codec. Fig. 25 shows a graphic representation of the alternative
windowing ofciig tiheudiemaimsignanangntheditaenative fatines Amabscisgacd5h0idesorbes a time in

t f aud e i 25 shows
D 0 MDD o 0t an

analysis window 2542 for a windowing before the time-domain codec, a synthesis window 2552 for
TDA folding/igfaidinghemsl angridbwinyaferatentiohe-siowhais coddeyal? adafysis twirdaw 2662 for a first
MDCT after thedimerdemaii-gedecanda sysiaasis ) \Wwitpwedoé2 fastnel TkstMEITT saftgeihe
time-domain,godgg. @9282%8"%56‘&’%2”62% SpRysLanthe Mg aldne g ademeln,codec. In

the time-domain codec, all frames can have the same e nee to compensate for
missing samPi&s BT AEA e ey g i tetra gﬁ% frofcsPrBRS RTRoRFE e IR -codec

may need tovebwpensate for that by having a first MDCT after the time- 30 domain codec which has
more spectral values than the other MDCT frames (lines 2562 and 2572). Overall, this alternative,

which Iphoy 0 F18. 25 0 SRdReERRIMIRLIAIS HRIfeshspeRaling-audio coding codec
h |

(USAC codec) but with a uc elay 35A further small modification of this alternative is to
replace the windowed transition from the time-domain codec to AAC-ELD (lines 2542, 2552, 2562,
2572) by a réétbcmgmaqhown both in Fig. 20 (analysis window sequence) and Fig. 22 (synthesis

window sequence), a weighting of the time-domain coded signal is only applied once, and
preferably after the time-domain coding and decoding, i.e. in the decoder 300. It could,

15 however, also be applied alternatively in the encoder, i.¢. before the time-domain coding,
or both in the encoder and in the decoder, such that the resulting overall weighting
corresponds to the weighting function empioyed in Figs. 19, 20 and 22.

It can further be seen from these figures that the overall range of time-domain samples

20 covered by the weighting function (solid line marked with dots, line 1940, 2040, 2240) is
slightly longer than two frames of input samples. More precisely, in this example
2¥N+0.5*N samples coded in time-domain are needed to fill the gap introduced by two
frames (with N new input samples per frame) not coded by the LD-MDCT-based codec. If,
for example, N=312, then 2¥512+256 time-domain samples have to be coded in time-

25  domain instead of 2*512 spectral values. Thus, an overhead of only half a frame is
introduced by switching to the time-domain codec and back.

In the following, some details regarding the time-domain aliasing will be described. In the
transitions to the time-domain codec and back to the transform codec, time-domain

30  aliasing is introduced intentionally in order to cancel the time-domain aliasing introduced
by the neighboring LD-MDCT-coded frames. For example, the time-domain aliasing may
be introduced by the aliasing cancellation signal provider 360. The dashed lines marked
with dots and designated with 1950a, 1950b, 2050a, 2050b, 2250a, 2250b represent the
weighting function for this operation. The time-domain coded signal is multiplied with this

35  weighting function and then added respectively subtracted to/from the windowed time-
domain signal in a time-reversed fashion.

4.6. Windowing Concept According to Fig. 24




transition, as done in AMR-WBIr when going from ACELP to TCX. In a codec using
WO/048118PCT/EP2010/065753 62 AMR-WS+ as the "time-domain codec", this can also mean that
after an ACELP frame there is no direct transition from ACELP to AAC-ELD, but there is always a TCX
frame in betWERAYIH MY $vay, a potential additional delay due to this speciiic tFEA 8¢5 8% liminated
and the whole system has a delay as small as the %Iay of AAC-ELD. 5 Furthermore, this makes the
switching more flexible, as an efficient switching back to AAC-ELD in case of speech-like signals is
more efficient than switching from AAC-ELD to ACELP, as both ACELP and TCX share the same LPC

filtering. 4.8.;Windowing Concept According to Fig. 26 1 %rn the. followi n alternative to feed the
time-domain%é%%@%fﬁ%%sﬁ%ﬁgzlg% egl%’rﬁ]ig\’flgn cgr‘?tlo(?a %%Shlgﬁﬁﬁvﬁﬁ%geace%{%ﬁged. Fig. 26 shows
an alternative variant. To be more precise, Fig. 26 shows an alternative for 15 feeding the time-domain
codec with TiDAisignalssanththerethy achiedngqoaticalsBpplihgndnikigy 26esn @hscissanZbit0

describes a timerindennsehadiosamplesoandiinbRLdinate.2 612 desaibes, aQimalizedl Window
values. Fig. 12 Eho?}{‘é? -MS%T anql%/lsis Wind_ojrvlvds0 2620a t0.2620 I_,[E)-MDCT s&/nthesis wipdows
a

C , C. hesis 101} W S ar¢ not C-ICversed, versions o
2630a to 26§8e, an analysis‘window éli]ﬁalfor wmdowing and T ybe oré time-domain codec, and a

synthesis wifRfS\P P65 34 F5¥ DD ARG Wil owin d e P HEL doATFP dBdle@ar Hikdetails
regarding thenihess refeseivce isnhasl e Foeth2! begButhofoFithe2Budly thiswarfanththeympetisighal for the
time-domainigegec ds preaessedby dhasame windowngand TRAmechanism.as the ERYIMPCT and
the tmeydomain aiasing sianaljs.2afed 0 e time: domalp eodse, Afierdecading (b, [oa,unfolding
and Wingowing i applied to the out u¥S|gna oF the ime- ain codec. The advan a&e Of this
alternative iSTHERErHE Tt HcRlakriatn e tiinditonsrytie dréhabartagfoichatatie
time-domaindcdestifesibAtsigndliimnsgiead of the time-domain

Fig. 24 shows a graphic representation of alternative choices of transition windows for
15 window sequence switching between AAC-ELD and time-domain codec. In Fig. 24, an

abscissa 2410 describes a time in terms of audio samples, and in ordinate 2412 describes

window values. Fig. 24 shows LD-MDCT analysis windows 2420a to 2420¢, LD-MDCT

synthesis windows 2430a to 2430e, a weighting 2440 for time-domain coded signals and a

weighting 2450a to 2450b for a time-domain aliasing of the time-domain signal. For details
20 regarding the line types, reference 18 made to the legend of Fig. 24,

It can be seen that in this alternative, which is shown in Fig. 24, the weighting functions for
the time-domain aliasing in the AAC-ELD to time-domain codec transition is extended to
the left. This means that an additional portion of time-domain signals is needed, just for the

25  sake of the intentional time-domain aliasing (or time-domain aliasing cancellation), not for
the actual cross-fade. This is assumed to be inefficient and unnecessary. Therefore, the
alternative of a shorter synthesis transition window and correspondingly a shorter time-
domain aliasing region (as shown in Fig. 19) is preferred for the transition from AAC-ELD
to the time-domain codec.

30
On the other hand, for the transition from the time-domain codec to AAC-ELD, the shorter
analysis transition window in Fig. 24 (compared to Fig. 19) results in a worse frequency
response for this window. Also, the longer time-domain aliasing region in Fig. 19 does in
this transition not require any additional samples 1o be coded by the time-domain codec, as

35  these samples are available from the time-domain codec anyhow. Therefore, the alternative
of a longer transition window and correspondingly a longer time-domain aliasing region
(as in Fig. 19) is preferred for the transition from the time-domain codec to AAC-ELD.



30signal. After unfolding the decoded TDA signal, coding errors are mirrored and thus might cause
pre-echo artifacts. 4.9.0ther Alternatives WO 2011/048118PCT/EP2010/065753 63 For the USAC
codec currently under development at MPEG, an effort on unification of the AAC and TCX part is
ongoing. Thi?ﬁrﬁ?ilc}é%g?ﬁs based on the techniques of forward aliasing cf%ﬁgﬁ%ﬂ’?ﬁﬂﬁ) and
frequency-domain noise-shaping (FDNS). These 8 hniques can also be applied in the context of
switching between AAC-ELD and an 5 AMR-WB+ like codec while keeping the low-delay of AAC-ELD.
Some detailsicegaed]ngstiis Coneepidaradiscussashbitireitiemeretontigsr 100 4. e thed@dtowing, a

so-called "lif§pg impl jon': will be bri escribed »whi Yo applied.i
em bodimentgsl?g h[@%%m%%%%%gfsgﬂgégEﬂgégggg%ﬁ% %)Qg zg%r:? : Vle/%lhi%%% g‘%{(ﬁg}r@%ﬁ%tructure.
i

e impl d
For the trandiRI PRIGW L HKHSSEHeFENSRIE fhiFindldhmEh e 2P STo Bl ChifBetPdAd the
transition wideleswer it ebpainety byisimisiyeoimingrig samaecs the lifting coefficients. 155.Possible
Modificgtions Regarding the above-described embodiments, it should be noted that a number of
modificationg may Q%BRHS%C%P@J@QUR%&Q%@&%WndOW length may be chosen in dependence
on the requiremenfs. Also, the scaling of the windows may be modified. 20 Naturally, the scaling
between the windows applied in the transform-domain branch and the windowing applied in the
ACELP brarehtiadyisevitarigetitonasy s oviel prapeodedsingnstd peraindignplostd rocdbsing steps may
be introducefizaiitiesnpbd oftrb@rocessing blocks described above and also between the processing
blocks ggscribed above without modifying the general concept of the invention. Naturally, other

modifications may also be 25 made. 6.Jmplementation Alternatives Although some aspects have been
described intThK RAREIR A 5P A AT I R P g} 15 Conmidercd to be windowed only once

after applying the time-domain encoding and decoding. This windowing process can also

be split into two stages, one before the time-domain encoding and one after the time-
domain decoding. This is illustrated in Fig. 25, in the transition from AAC-ELD to the

15 time-domain codec.

Fig. 25 shows a graphic representation of the altemative windowing of the time-domain
signal and the alternative framing. An abscissa 2510 describes a time in terms of audio
samples and an ordinate 2512 describes (normalized) window values. Fig. 25 shows LD-

20 MDCT analysis windows value 2520a-2520e, LD-MDCT synthesis windows 2530a-
2530d, an analysis window 2542 for a windowing before the time-domain codec, a
synthesis window 2552 for TDA folding/unfolding and windowing after the time-domain
codec, an analysis window 2562 for a first MDCT after the time-domain codec and a
synthesis window 2572 for the first MDCT after the time-domain codec.

25
Fig. 25 also shows an alternative for the framing of the time-domain codec. In the time-
domain codec, all frames can have the same length, without the need to compensate for
missing samples due to the non-critical sampling in the transition. Then, however, the
MDCT-codec may need to compensate for that by having a first MDCT after the time-

30 domain codec which has more spectral values than the other MDCT frames (lines 2562 and
2572).

Overall, this alternative, which is shown in Fig. 25, makes the codec very similar to the
unified-speech-and-audio coding codec (USAC codec) but with a much lower delay.

35
A further small modification of this alternative is to replace the windowed transition from
the time-domain codec to AAC-ELD (lines 2542, 2552, 2562, 2572) by a rectangular
transition, as done in AMR-WB+ when going from ACELP to TCX. In a codec using



30 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
correspondintf @pPaf4tid8 Some or all of the method steps may be executBaIREEIUHGS a hardware
apparatus, like for example, a microprocessor, a 3§2programmable 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 MWRGr201 14648 14:8RGTIERZQIAPE KR4 dihie invardive greoged @edio sighal can be
stored on a gigifa).sierAqs, Mediy, oF cane: FaneIlled-om 3 uppemision Mediym slch as a wireless
transmission mecflumor a wired transmission medium such as the Tnterfet. f)ependl_ng on certain

implementathRshYeduirdntiits Bmbodniralird sgitartersls dis Ue ithislewreifisd TamskieRvaTe or in
software. Thelimphigdentdtithe cambe petfornied asitdpa digitaldtoragbemddiynyfok aKafiple a floppy
disk, a BVD faBluenRay a:GRu@ROMABRMa 30 BRRAM, aaEERRQMk@RLASImemory,
having electionieallyrieadable, poglio) signals sioreg inercon uiieh cospetale(or afs eapaple of
cooperating) with a 10 program able compater syslPem Suchthat the respective method is performed.

Therefore, tHe gitaP st5rRjR Afedhdrind df Bebambsieane dd5bidtesBe embodiments according to

the invention comprise a data carrier having electronically readable control signals, which are capable

of cooperatimggwithwﬁ@)gﬁggr@mmgpﬁg&magt@rﬁgs%m, such that one of the methods described
herein 'ﬁ)performed. Generally, embodiments of the present invention can be implemented as a
computer program product with a program code, the program code being operative for performing 20
one of the mBtHBAdWREI the R tiptdsriyfard phsdireeririaedmn srdempilfer Phesiseifatidode may
for example bdvistoredrocd smaphinewdhbabteccdwier. Other embodiments comprise the computer
program for performing one of the methods described herein, stored on a machine readable carrier. 25

I other worgs, aseqbadinent ot the Iveniive, ethod s, therefore, 2 cmpyter programjhaving a
program code Tor performing one of the methods escCrli ereirm, w ent € computer program runs
on a C&tﬁput@ﬁdmg the time-domain codec with TDA signals and thereby achieving critical sampling.
In Fig. 26, an abscissa 2610 describes a time in terms of audio samples, and an ordinate
2612 describes (normalized) window values. Fig. 12 shows LD-MDCT analysis windows
2620a to 2620¢, LD-MDCT synthesis windows 2630a to 2630e¢, an analysis window 2642a
for windowing and TDA before time-domain codec, and a synthesis window 2652a for
20 TDA unfolding and windowing after time-domain codec. For details regarding the lines,

reference 18 made to the legend of Fig. 26.

In this variant, the input signal for the time-domain codec is processed by the same
windowing and TDA mechanism as the LD-MDCT and the time-domain aliasing signal is

25  fed to the time-domain codec. After decoding the TDA, unfolding and windowing is
applied to the output signal of the time-domain codec.

The advantage of this alternative is that critical sampling is achieved in the transitions. The
disadvantage is that the time-domain codes the TDA signal instead of the time-domain

30 signal. After unfolding the decoded TDA signal, coding errors are mirrored and thus might
cause pre-echo artifacts.

4.9.  Other Alternatives

35 In the following, some further alternatives will be described which can be used for an
improvement of the encoding and decoding,



30A 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 metil# H&*8)ptcally tangible and/or non-transitionary. 35 WO PCT/EP2010/065753
2011/048118PCT/EP2010/065753 65 herein. The thta stream or the sequence of signals may for
example be configured to be transferred via a data communication connection, for example via the

Internet.  AgrtRen syRbodime Rt SeRRRRISAIPIORPERNC.MNARRE; Ial SfMRle A CaMPMIgTHer a
5pr°9ramm?%lxed°§fg ‘i’(‘?‘ﬁiceaz%‘%s“f&%“é%? topr.adapted o Rerian Or?%}gft%%ﬁn@“%tegoc%%?\%&ﬂbed
herein. A further embo |mepnf[ comprisesa computer having _mstalf_)ed thereon the computer program
for performirfgoHE of e AS e skritish RSrBIFRCY o R diodtstnmen{ HREBing B the
invention compnsgecarvapphratysapphedystahy configured toitrhnsferefforcaxampléldlestrdnically or
opticallyj a camMRUEBPRE! 3FAIEHRELRERING aRarl ihe.nethods geseribed herein to a receiver. The
receiver may, for example, be a computer, a mobile device, a memory device or the like. The
apparatus or 15system may, for example, comprise a file server for transferring the computer program
to the receiveP™h LBiHe BEBHIMBR S BICEFAHIRTINE YoH i derres ot i8rahiBita field

programmable gate array) may be used to perfoon some or all of the functionalities of the methods 20
df?SCfibed hﬁlfﬁéﬁb IoipRme; amboding nisiad iﬁi@@ﬁ@&fﬁﬂm&@& g@%ﬂﬁﬁ&@%%%ﬁ@t@ﬁ%ﬂh a
m'CrOp@CG LI RIger (3 perdonn pne.of We@ﬁ%8%960¥%@ﬁ%eé“ﬁ 7 eé‘%%aﬂxﬁt@rﬁe%&h"ds are
preferably perfoﬁ%e by any hardware apparatus. The above describe embodiments are merely

illustrative fowﬁ@eaarﬁ{gﬁ@g BEtiRg ﬁF%%Té}Fﬁ For the transition windows described here, this lifting
implementation can also be ufilized and the transition windows are obtained by simply

omifting some of the lifting coefficients.

15 5. Possible Modifications

Regarding the above-described embodiments, it should be noted that a number of
modifications may be applied. In particular, a different window length may be chosen in
dependence on the requirements. Also, the scaling of the windows may be modified.
20  Naturally, the scaling between the windows applied in the transform-domain branch and
the windowing applied in the ACELP branch may be changed. Also, some preprocessing
steps and/or post-processing steps may be itroduced at the input of the processing blocks
described above and also between the processing blocks described zbove without
modifying the general concept of the invention. Naturally, other modifications may also be
25  made.

6. Implementation Aliernatives

Although some aspects have been described in the context of an apparatus, it is clear that

30  these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some or all of the method steps may
be executed by (or using) a hardware apparatus, like for example, a microprocessor, a

35  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.



25 invention. It is understood that modifications and variations of the arrangements and the details
described herein will be apparent to others skilled in the art. It is the intent, therefore, to be limited only
by the scope of the impending patent claims and not by the specific details presented by way of
description aPELpl&r&ti8n of the embodiments herein. 66 Claims 1.An SIAEEGHHPEIBDder for
providing an encoded representation of an audio 64 content on the basis of an input representation
of the audio content, the audio 5signal encoder comprising: a transfoii -domain path configured to

obtain a set ghsneeiraheosafiisientaandngisecaharing dasmatinmantbe.pasis £ha imeggmain
representatlt%fn of an rggn ?f the audio cogltent to.be encod dsl%a transform-%%mam mode, 10 such
i

dIISTYL TANSOSSI01 MEdl such 25 a wirele ANSITIISSION M or a wired
that the Spec I’gFCQe cients, escribe a spelcliltrr]um Oor a noise-snapea version o Hrélau&o content;

wherein the fFANEROTHOHBIETLMH GOt HaE 8t time-domain-to-frequency-domain 15 converter
configured to window a time-domain representation of the audio content, or a pre-processed version

thereof, $0 olpsaya:RWIGIO WRE FE RFBRIAAUADIOFH8rBMEIRCORISNEAREL 18- ARP Mention can be

time-domainrto-fre%%%racyﬂ omain conversign to dﬁ{ia\/le a Fet of az%ectral goefcf:ir?ents from the

. heeiitsing] argwarg. or 1 twareg, CINEN 11 Can O d using a
windowed time-domain representation (I)lf%ﬂe audio con?é%t; an an codeePeXC|'t%n§ g

linear-predicHEHzi SRR TAMIEELD pitrpkonflgirsdistosiN BnacBlis-BeiatfoR iaBiMation and a
linear-predicti8f o raai R Ribam ete ERPRGIdtiona0RthE Basisiafrg, pertion détherdexdip sadiéht to be
encoded in apqeslespxaiediingampradiciionARaiBRods: (GELEpmedey: Zpdhaied) en o
time-dopain.ie:Jreqeney Aomain sonverieLiscanigured o applya predelermingd geymmetric
analysis WinBO\féT. or a windowin of & curren portion of the audio contentto be encoded 1 the
transform-ddRfHEHRb SO a8s 2y PO FOBIPBIETHEaR® content encoded in the transform-domain
mode both if the 30 current portion of the audio content is followed by a subsequent portion of the

audio contentdmbegnesachiy thecsansior-damainmads anahfihe curent parian of hgaudio

content s followed, YA SURRRRYELARIION LIRS BUSlR cortent i Re grogsisd i e GhLF, mode;

15 programmable computer system, such that one of the methods described herein is
performed.

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

code may for example be stored on a machine readable carrier.

Other embodiments comprise the computer program for performing one of the methods
described herein, stored on a machine readable carrier.

25
In other words, an embodiment of the inventive method is, therefore, a computer program
baving a program code for performing one of the methods described herein, when the
computer program runs on a compuier.

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

35
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



67 wherein the audio signal encoder is configured to selectively provide an aliasing cancellation
information , which represents aliasing cancellation signal components which would be represented by
a transfoim-domain mode representation of the subsequent portion of the audio content, if the current
portion of the*4LtibEéHiEht 5is followed by a subsequent portion of the ad&&EBHEEAEFBe encoded in
the CELP mode. 2. The audio signal encoder acccﬁ%ling to claim 1, wherein the
time-domain-tofrequency-domain converter is configured to apply the same window for a 10

windowing of gghirma partignahtbe audigeanrtent 1.8 LRRQIRY Hidhe il arsipintiemalnynode and
following a pt'i%\{ifus Q{tion of the audio content eerg}%gdfgljr&gr%rgglsg%&%g@&in mode, both if the
t

) dat. .
current portion CS) etlﬁ% au%l% gOan%g%ﬁén%bﬁ?OW%gogl)} a subsequent'portion of the audio content to be

encoded in the transform-domain mode and if the current portion of the audio content is 15followed by
a subsequent gortion efhelaudio conpenticbprensedediahe GF LRamphie 2a3cothpugudior signal
encodersaccpislingraMRIM LTI, 2omiarein thepradpieiminastasymeIrRtris analusiguindow
comprises a eeg}:r%ig E\:/%/‘e)hﬁa}lf and a 20right window half, wherein the left window half comprises a
left-sided transition slope , in which the window values monotonically increase from zero to a window
center value, and an overshoot portion in which the window values are larger than the window center
25value andAn fwitich ttrebwilicieni comprises @ peaxpmrembaaimg wiserbad tHemight théndemplgdf comprises

a right-sidedstkangition: slapa-iwhisd dhawindayyaluesaaonetanically decrease from the window
center yalue to zero, and a right-sided zero portion. 30 4. The audio signal encoder according to claim

3, wherein the left window half comprises no more than one percent of zero window values, and
A further embodiment according to the invention comprises an apparatus or a system

configured to transfer (for example, electronically or optically) a computer program for
performing one of the methods described herein to a receiver. The receiver may, for
example, be a computer, a mobile device, a memory device or the like. The apparatus or
15 system may, for exampie, comprise a file server for transferring the computer program to

the recetver .

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

20 described herein. In some embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,
the methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present

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



wherein the right-sided zero portion comprises a length of at least 20% of the 35window values of the
right window half 68 are smaller than the window center value, such that there is no overshoot portion
in the right window half of the predeteimined asymggtric analysis window. 6. The audio signal encoder
according to one of claims 1 to 5, wherein a non-zero 5portion of the predetermined asymmetric
analysis window is shorter, at least by 10%, than a frame length. 7. The audio signal encoder
according to one of claims 1 to 6, wherein the aug;'f) sigénal encoder is configured such that subsequent
portions of the audio content to 10be encoded in &fansform-domain-mode comprise a temporal
overlap of at least 40%; and wherein the audio signal encoder is configured such that a current portion

of the audia contenhteddgoesigadednisotite trinsiedvidiamain snoskandmpeavbsgarenirlapatisn of the

audio content to be,g ﬁ?%ﬁdéh% t’ggsfgogleﬁxgﬁ '%E(‘)S%%‘e%?‘&&o%' E“%‘]Ha{c‘}%%et‘éoénﬁ{ IS gifemporal
overlap; and wherein the audio signal encoder Is configured to selectively provi & tHe a lasing :
cancelfation inforfigRBTFIERRH R BREBEasing cancellation infoimation allows for 20 a provision of an
aliasing cancellation signal for canceling aliasing artifacts at a transition from a portion of the audio

content encoded in dhe ransiarm.domain madei0.a ReioR:a ihe.Ausig,canienleacedsd ig,the CELP
mode in an audio signal decoder. . , . i .
noise-shaping information on the basis of a time-domain representation of a

portion of the audio content to be encoded in a transform-domain mode,

10
such that the spectral coefficients describe a spectrum of a noise-shaped version
of the audio content; '

wherein the transform-domain path comprises a time—domairi—to-frequency—dofnain
15 converter configured to window a time-domain representation of the audio
content, or a pre-processed version theredf, to obtain a windowed representation
of the audio content, and to apply a time-domain-to-frequency-domain conversion,
to derive a set of spectral coefficients. from the windowed time-domain
representation of the audio content; and
20 _
an code-excited linear-prediction-domain path (CELP path) configured to obtain an
code-excitation information and a linear-prediction-domain parameter information
on the basis of a portion of the audio content to be encoded in an code-excited
linear-prediction-domain mode (CELP mode);
25 _
wherein the time-domain-to-frequency-domain converter is configured to apply a
predetermined asymmetric analysis window for a windowing of a current portion
~of the audio content to be encoded in the transform-domain mode and following a
portion of the audio content encoded in the transform-domain mode both if the
30 current portion of the audio content is followed by a subsequent portion of the
audio content to be encoded in the transform-domain mode and if the current
portion of the audio content is followed by a subsequent portion of the audio
content to be encoded in the CELP mode; and



258.The audio signal encoder according to one of claims 1 to 7, wherein the audio signal encoder is
configured to select a window for a windowing of a current portion of the audio content independent
from a mode which is used for an encoding of a subggquent portion of the audio content which
overlaps temporally with the current portion of the audio content, such that the windowed
representation 30 of the current portion of the audio content overlaps with a subsequent portion of the

audio content evep, g shbsgaentpertian ofing audie cenient isiensaded in e GELE, mode: and
wherein the audio S|gnaxi1(-;-ncc.) er is configured to provide, In response to g%aré &ction that the
subsequent portiditeseliian ddEBIaNt iSHb Berepisseia Marmne crrsshatien signaloampeniiéeliation
infoimation whichwéjxiesedisdabasiegresentallation sighsbennipandnimodicteprosdttfitorepfepented by a
e oAt ePISRRe N O A RER AHRIAB PBUAE AUIROUAN Jnilje audo

signal encoder accordi ne of claims 1 to 8, wherein the timedomain-to-frequency-domain
converter is configif8d W SRy thePreaBttmMEa syettdin LR Rden RSHitBMing of a
current portion of €ffél. &udisleontent to be encoded in the transform domain mode and following a
portion of the audio content encoded in the CELP mode, such that a windowed representation of the
current porgjon of the %J@io content to be encoded in the transfolm-dpomain 10mode temporally
overlaps with the ﬁ%&v %81%?[16?1{%? Hudis LBRERAL BN &R in HRSTEEL B BES SR that
portions of the au@isreomerstomaie enovdsd in theerdisiomdntdoaraly thedeaare wimdowedfasiag the

samejpredeterminggl @symineiria anaiysis yindaw LY infepandenbiiem adnpdediydich.a previous
portion of the audg) c%%q%isn‘leqcode%eaggdir}gﬁg‘evgdegt fr}o@zo%mOdg%ci)n WhFEa su(?sequ%nt portion
of the audio conteht 18 encodad. 10- The &lidio ;lgnglgenc%ger AcdoY mﬁ to claim B Whé éllﬁnt%e audio
signal encoder is PDEsHgErdbctdrapseavslyprBvinedh BifsiHgteassaimiaottiformatbn #de current
por(t]:on of the audiesententitiiove & previbisgpeitiporabthe audicsdintesienrcante dndbeChLP
mode.

the transform-domain mode and if the current portion of the audio content is

15 followed by a subsequent portion of the audio content to be encoded in the CELP
mode.
3. The audio signal encoder according to claim 1 or claim 2, wherein the

predetermined asymmetric analysis window comprises a left window half and a
20 right window half,

wherein the left window half comprises a left-sided transition slope , in which the
window values monotonically increase from zero to a window center value, and an
overshoot portion in which the window values are larger than the window center

25 value and in which the window comprises a maximum , and

wherein the right window half comprises a right-sided transition slope in which the
window values monotonically decrease from the window center value o zero, and a

right-sided zero portion .

30
4, The audio signal encoder according to claim 3, wherein the left window half
comprises no more than one percent of zero window values, and
wherein the night-sided zero portion comprises a length of at least 20% of the
35 window values of the right window half.
5. The audio signal encoder according to claim 3 or 4, wherein the window values of

the right window half of the predetermined asymmetric analysis window



11. The audio signal encoder according to one of claims 1 to 8, wherein the time- _
25domain-to-frequency-domain converter is configured to apply a dedicated asymmetric transition
analysis window , which is different from the predetepgined asymmetric analysis window , for a
windowing of a current portion of the audio content to be encoded in the transfoim domain mode and
following a portion of the audio content encoded in the CELP mode. 30 12. The audio signal encoder

according to one of claims 1 to 11, wherein the code-excited linear-prediction-domain path (CELP
path) is an algebrATe.CBALE RBIH AP REREh P aM Bt L ONRG Tt & CEURR i IgE aic
code-excitation infdrreghorvantd e indat tre diststetomed npanamete rinlomsatiodon. the basis of 35a
portion of the audio content to be encoded in an algebraic-code-excited linear- prediction-domain

mode (CELE mod %ie 70 d13.An audio s&gnal decgder for rov%d(izliw?q fﬁ%da{s&o%%d“’rﬁ rresentation of an

. . 10, Sk afjnco T _according to one .o 9] ROQ-ZETO0 - .
audio conten onatlhe asis of an encoded representation o 10°con enltl? téheoéllJCﬁO 5signal

decodér comprisirrEaPaistbeniraeeiaimpednaspmimeirid aeablsiain tndeve - donhuirisre pieisasithtion of a
portion of the audivoeorteit ehepdaehistthe transform-domain mode on the basis of a set of spectral
coefficients and a noise-shaping information ; wherein the transform domain path comprises a
frequency-domain-to-time-domain converter configured to apply a frequency-domain-to-time-domain

conversion and a WHSoRiRgS aBrlSRGRISTWRRFSTIRRE R S R BT dséh iR arihdhsutéieontent
from the set of spetiral enefiieieistsomfiforadaspeh-firacedsedusargiortitar eof tan aekle @xeéado

Inearserediction-douajenbaih Fondaured 1o AR s SOmAIcPIEseHIalBn OB adig.eonten

encoded in an code-excited linear-predictiondomain mode (CELP mode) on the basis of an
code-excitation infohafish and a linear-prediction-domain parameter infoimation ; and 20 wherein the
-frequency-domain-to-time-domain converter is configured to apply a predeteimined asymmetric

synthesis window fafAewinglowing, of ghsuERRIdBP QR of SN udio GaRtent 8 reRdssiBANS  the

transform-domain mode and followjng a previous portion of the audiq content encoded in the :
transform-domain laeci%fﬁnﬁg(ff %Ffeecrﬁgr)?g% 68rt@6?| gt Ogﬂbf?S%WéﬂP%sef@ﬁ’éfN%os%V%qg%sequent
portioh%f the audipcebrterst ¢hecadipinanisnirdnsolsnelstedim isdecdaitited dincanpysditidonof the

audio content is fallgwad hy@ Sehsetideni-pRition Sfdpatkio content encoded in the CELP mode;
and 30wherein the audio signal decoder is configured to selectively provide an aliasing

wherein the audio signal encoder is configured to selectively provide the aliasing
cancellation information , such that the aliasing cancellation information allows for
20 a provision of an aliasing cancellation signal for canceling aliasing artifacts at a
transition from a portion of the andio content encoded in the transform domain
mode to a portion of the audio content encoded in the CELP mode in an audio

signal decoder .

25 8. The audio signal encoder according to one of claims 1 to 7, wherein the audio
signal encoder is configured to select a window for a windowing of a current
pollrtion of the audio content independent from a mode which is used for an
encoding of a subsequent portion of the andio content which overlaps temporaliy
with the current portion of the audio content, such that the windowed representation

30 of the current portion of the audio content overlaps with a subsequent portion of
the audio content even if the subsequent portion of the audio content is encoded in
the CELP mode; and

wherein the audio signal encoder is configured to provide, in response to a
35 detection that the subsequent portion of the audio content is to be encoded in an
CELP mode, an aliasing cancellation information which represents aliasing

cancellation signal components which would be represented by a



cancellation signal on the basis of an aliasing cancellation infoimation , which is included in the
encoded representation of the audio content, and which represents aliasing cancellation signal
components which would be represented by a transfé®m-domain mode representation of the
subsequent portion of the audio 35content, if the current portion of the audio content 71 encoded in
the transform-domain mode is followed by a subsequent portion of the audio content encoded in the

CELP mode. 14. Thaaugicisidnal desadesacsantiiond £lalm ddswhRiRinigon of the audio

frequency-domain-to%ime-domain converter is configured to apply the same window for a windowing of
. ent. . . . . . :
a current portion S audio content encoded in the transform-domain mode and following a previous
portion of the audio content encoded in the transform-domain mode both if the current portion of the

audio content is fatlpwadiby sachel shsaerent Redion &f Hie afditeentent e)crdedin the time-
transfaim-domain e and.if the current portion of the .audio.content is folowed by a subsequent
portio;gof the aud@%‘%hﬁﬁ%a%qgg gﬁ'?r? %ﬁ%ﬁ%%é‘be@ﬁﬁ“ﬁ%ﬁ%&% %?Slrf?é\iﬁldeegé%ge}%nglc%? ing to
claim 13 or claim 3HHREFGFIE LS pHERaBimiea ZEANTER S INESBIRION conprisedia left
window half and accigbhwinbloenbalkd in tbereisithe efinaindovdhatidcliiprisesapletiwidetizero

porton and a ef i AT, S8R T BEN e NdaNs Yales pnRieB RLingigse fom zero

to a 20window center value; and wherein the right window half comprises an overs

t portion in
which the window aIERESH PRIFRS tRAtitReUditae0rEahds: Dageea ?ﬁiﬁ%ﬁﬁﬁﬂ%f%ﬁ‘gw‘%mprises
a matiinum , andagighiesipeclirapstitipsiops thavnohdhe windawd@3kalwedionandtohinaiddecrease
from the window Ggnigrcvalye g Zergdl6. The audio signal decoder according to claim 15, wherein the
left-sided zero portion comprises a length of at least 20% of the window values of the left window half,

and 30 wherein the right window half comprises no more than one percent of zero window values.
such that portions of the audio content to be encoded in the transform domain

mode are windowed using the same predetermined asymmetric analysis window

15 independent from a mode in which a previous portion of the audio content is
encoded and independent from a mode in which a subsequent portion of the audio
content is encoded.

10.  The audio signal encoder according to claim 9, wherein the audio signal encoder is
20 configured to selectively provide an aliasing cancellation information if the current
portion of the audio content follows a previous portion of the andio content

s

encoded in the CELF mode.

11.  The audio signal encoder according to one of claims 1 to 8, wherein the time-

25 domain-to-frequency-domain converter is configured to apply a dedicated
asymmetric transition analysis window , which is different from the predetermined

asymmetric analysis window , for a windowing of a current portion of the andio

content to be encoded in the transform domain mode and following a portion of the

audio content encoded in the CELP mode.

30
12.  The audio signal encoder according to one of claims ! to 11, wherein the code-
excited linear-prediction-domain path (CELP path) is an algebraic-code-excited-
linear-prediction-domain path configured to obtain an algebraic code-excitation
information and a linear-prediction-domain parameter information on the basis of
35 a portion of the aundio content to be encoded in an algebraic-code-excited linear-

prediction-domain mode (CELP mode).



17. The audio signal decoder according to claim 15 or claim 16, wherein the window 35values of the
left window half of the predetermined asymmetric synthesis window aresmallerthanthewindow 72
center value, such that there is no overshoot portionip the left window half of the predetermined
asymmetric synthesis window. 18. The audio signal decoder according to one of claims 13 to 17,
wherein a non-zero portion of the predetermined asymmetric synthesis window is shorter, at least by
10%, than a frame length. 19. The audio signal decoder according to one of claims 13 to 18, wherein
the audio signal decoder is configured such that subsequent portions of the audio content 10encoded
in the transform-domain mode comprise a temporal overlap of at least 40%; and wherein the audio
signal decotfer is danfigdiedigneh fraddecurfenpporiidineof tiecadedo reprisnitstiwoded imthedio

transform-domainmade apdia. WRReGHSRINRHIA Al lalbie alidio someakancosiad:in e sagls-excited

Iinear-grediction-domain mode comprise a temporal overlap; and wherein the audio signal decoder is
configared to sele¥§halyHFEU &P EREEng cancellation signal on the basis of the aliasing
cancellation information , such that 20 the aliasing cancellation signal reduces or cancels aliasing

artifacts at a transiliga:iremte.GurepROdN of e suierontenkansrdad-nheransiorp-gomain
mode to a subsequent ﬁo(r) c% of the audio contentéFnc ded in the C ‘LP.modg 20%%?%audl signal
e n

decoder accordind 358 ga%§ﬁ§°%%?9ﬁ?§? AR TS S8 HaFES Fﬁffrg to
select a window férsgtwirtheniial ok fliciprehend a noise-shaping information ;

10
wherein the transform domain path comprises a frequency-domain-to-time-domain
converter configured to apply a frequency-domain-to-time-domain conversion and
a windowing , to derive a windowed time-domain representation of the audio
content from the set of spectral coefficients or from a pre-processed version thereof,
15
an code-excited linear-prediction-domain path configured to obtain a time-domain
representation of the audio content encoded in an code-excited linear-prediction-
domain mode (CELP mode) on the basis of an code-excitation information and a
linear-prediction-domain parameter information ; and
20
wherein the frequency-domain-to-time-domain converter is configured to apply a
predetermined asymmetric synthesis window for a windowing of a current portion
of the audio content encoded in the transform-domain mode and following a
previous portion of the audio content encoded in the transform-domain mode both
25 if the current portion of the audio content is followed by a subsequent portion of
the audio content encoded in the transform-domain mode and if the current portion
of the audio content is followed by a subsequent portion of the audio content
encoded in the CELP mode; and

30 wherein the audio signal decoder is configured to selectively provide an alasing
cancellation signal on the basis of an aliasing cancellation information , which is
included in the encoded representation of the audio content, and which represents
aliasing cancellation signal components which would be represented by a
transform-domain mode representation of the subsequent portion of the audio

35 content, if the current portion of the audio content



portion of the audio content independent from a mode which is used for an encoding of a subsequent
portion of the audio content, which overlaps temporally with the current portion of the audio content,
such that the windowed representation of the curren? portion of the audio content overlaps temporally
with 30the subsequent portion of the audio content even if the subsequent portion of the audio content
is encoded in the CELP mode; and wherein the audio signal decoder is configured to provide, in
response to a detgglQnihat thepuhssaiaptRestianf ﬁ‘?ﬂ%&@@@?@@&@%@%ﬂ%ﬁgﬁg&fbmﬁ%m
35mode, an aliasing,cancellation signal t rséJ# or cancel aliasing artifacts at a transition from the
current portion of 818&8%686%’8998 &g’ee | ﬁﬁem‘?%aetransfol-domain mode to the subsequent
portion of the audio content encoded in the CELP mode. 21. The audio signal decoder according to
one of claims 13 to 20, wherein the 5 frequency-domain-to-time-domain converter is configured to

apply the predetermined,asymmetric synthesis window for a windowing,of a current portion of the
i Cona 1 2 T B B e
audio content encolEdIREE SN siodeceticausdt o orEBlsthe finguniedesntén eftsdedinthe
trgnsform-domaincm @dﬁx&éﬁtvﬁﬂdﬂwedf 10 USIdig tttme‘@m emfﬁﬁﬂt&[rtﬁegfh@ﬁ&smm@_iﬂmﬁy ptbésis
window independgpg fng%@ngOQ%ﬂ%g&ECSBOMEV@P&Q%?@ oL ?'égé%e%”_lﬁ%ést%}%?&ﬁg and

independent from a maode In whic equent portion of the audio content is encoded, a such

that a windowed tHABRBRAAS QOB SE RIS PhRCElfRn SRt onsaL M ofetimteh Bhdoded in
the trafisfoini-domaibseqode teonparallyf tvedapgs vithttine previtadsipateotraffheraddimaiontede encoded

in the CELP modexdZ feandia anahdacadenassartinado.dati e e aidiasignal

decoder is configured to selectively provide an ali cancellation signal on the basis of
9 ofe i%e audio conte t%nco ed ?n tﬂe%ﬁ}g’ moge. g

15. ° The audio signal decoder according to claim 13 or claim 14, wherein the
15 predetermined asymmetric synthesis window comprises a left window half and a
right window half,

wherein the left window half comprises a left-sided zero portion and a left-sided
transition slope , in which the window values monotonically increase from zero to a

20 window center value; and

wherein the might window half comprises an overshoot portion in which the
window values are larger than the window center value and in which the window
comprises a maximum , and a right-sided transition slope in which the window

25 values monotonically decrease from the window center value to zero.

16.  The audio signal decoder according to clairﬁ 15, wherein the left-sided zero portion

comprises a length of at least 20% of the window values of the left window half,

and
30
wherein the right window half comprises no more than one percent of zero window
values.
17.  The audio signal decoder according to claim 15 or claim 16, wherein the window
35 values of the left window half of the predetermined asymmetric synthesis window

are smaller o than the window



20an aliasing cancellation information if the current portion of the audio content follows a previous
portion of the audio content encoded in the CELP mode. 23. The audio signal decoder according to
one of claims 13 to 20, wherein the frequency-domaimto-time-domain converter is configured to apply
a dedicated 25 asymmetric transition synthesis window , which is different from the predetermined
asymmetric synthesis window , for a windowing of a current portion of the audio content encoded in

the transform domapode a1 feRNing.a ROFIOR ofkie,Audia SONISAL SREASAIN e CELR mode.

3024.The audio signal decoder according to one of claims erein the code- excite
linear-prediction-dSEfsisHARE aYAGEBaRRbGERE R Minear- prediction-domain path configured to
obtain a time-domain representation of the audio content encoded in an algebraic-code-excited

linear-prediggon-demajnqifRseCid.r Mosaanhe barisiahal AgsAiGars exitation,

-information and a Ilnear-prg%ctlon- omajn parameter infoilllation . 25.A method for providing an

encoded represerRSHoTR ot S BHIO LSRBIE G YRS 425 3B BRI St B st didio

content, the methd@%othpnigifigrebtaiging a set of spectral coefficients and a noise-shaping

information on the basis of a time-domain representation of a portion of the audio content to be

encoded in the tr foiin-domainl rgode{l, such th spectral coeffi(i;'ents ﬁesc ibe.a gpectrum 100f a
Sohte é

t th
noise-shapad versiBR BF e Ml ACSRtSht AXH0EIENS LRS- Ao MUMTdRrisiRtati B SFHIRANS content

to be encoded in tfignal decoder is configured such that subsequent portions of the audio content
10 encoded in the fransform-domain mode comprise a temporal overlap of at least
40%:; and

wherein the audio signal decoder is configured such that a current portion of the
audio content encoded in the transform-domain mode and a subsequent portion of
15 the audio content encoded in the code-excited linear-prediction-domain mode

comprise a temporal overlap; and

wherein the audio signal decoder is configured to selectively provide the aliasing
cancellation signal on the basts of the aliasing cancellation information , such that
20 the aliasing cancellation signal reduces or cancels aliasing artifacts at a transition
from the current portion of the audio content encoded in the transform-domain

mode to a subsequent portion of the audio content encoded in the CELP mode.

20.  The aundio signal decoder accordin.g to one of claims 13 to 19, wherein the audio

25 signal decoder is configured to select a window for a windowing of a current

portion of the audio content independent from a mode which is used for an

encoding of a subsequent portion of the audio content, which overlaps temporally

with the current portion of the audio content, such that the windowed

representation of the current portion of the audio content overlaps temporally with

30 the subsequent portion of the audio content even if the subsequent portion of the
audio content is encoded in the CELP mode; and

wherein the audio signal decoder 1is configured to provide, in response to a
detection that the subsequent portion of the audio content is encoded in the CELP
35 mode, an aliasing cancellation signal to reduce or cancel aliasing artifacts at a

fransition from the current portion of the audio content encoded in the



transform-domain mode, or a pre-processed version thereof, is windowed, and wherein a
time-domain-to-frequency-domain conversion is applied to derive a set 150f spectral coefficients from
the windowed time-domain representation of the audib content; obtaining an code-excitation
information and a linear-prediction-domain information on the basis of a portion of the audio content to
be encoded in an code- 20excited linear-prediction-domain mode (CELP mode); wherein a

predetermined asyAARTSHHC RRMYSHYIBe WissapRiingfopthgonindoninafacertsanERYEQNRf the
audio content to l%ﬁ eng ged igethe transform-domain mode and following a portion of the audio

content encoded in the transfort-domain 25 mode both if the current portion of the audio content is
followed by a subsequent portion of the audio content to be encoded in the transform-domain mode

and if the czarent pretioniaf thigral diecedstenidsdaliawed e sohsgguentpestion ok tee-audie content
to be gncoded in fhe LR mads: ANd,A0uersin an,Aligsing cancelialion. pfarmation, yhich,
represents aliasing cancellation signal components which would be represented by a

transform-domairPFREEETFaRESATIIRIBFIST BBIREHESHIERAY p&RH ST anaesy IeaRs e SHtEs! ROEMBCtively
provided if the cunetitepardioncohtire avdoamontedtiis fiod omeddynadsuhseqgnedd padtiohlofibe audio

content to be encaeshin, e, (G PIRafe-o33id S ARAINIA G UM S AN AISPERANIAR 0f portion

of the audio contéent encoded in a transform-domain mode on the basis of a set of spectral coefficients

and a noise-shapR§iATSrEHRsFUsiHRAiRLeRe Ao AR BRI C BsvERioY Shd a
windd@ing are appied tbedsnive predictdunieddtimmpationtamsiephesis matidovof théeperdient ditent from the
set of spectral cogffigiens:a% frompapisuRiReassest ver siomdheraehta0dncoded and independent

from a2 mode in which a subsequent portion of the audio content is encoded, and

such that a windowed time-domain representation of the current portion of the
15 audio content encoded in the transform-domain mode temporally overlaps with the

previous portion of the audio content encoded in the CELP mode.

22.  The audio signal decoder according to claim 21, wherein the audio signal decoder
is configured to selectively provide an aliasing canceliation signal on the basis of
20 an aliasing cancellation information if the current portion of the audio content

follows a previous portion of the audio content encoded in the CELP mode.

23.  The audio signal decoder according to one of claims 13 to 20, wherein the
frequency-domain-to-time-domain converter 1is configured to apply a dedicated

25 asymmetric transition synthesis window , which is different from the predetermined
asymmetric synthesis window , for a windowing of a current portion of the audio

content encoded in the transform-domain mode and following a portion of the

audio content encoded in the CELP mode.

30 24,  The audio signal decoder according to one of claims 13 to 23, wherein the code- '
excited linear-prediction-domain path = is an algebraic-code-excited linear-
prediction-domain path configured to obtain a time-domain representation of the

audio content encoded in an algebraic-code-excited linear-prediction-domain



obtaining a time-domain representation of the audio content encoded in an code-10excited
linear-prediction-domain mode on the basis of an code-excitation info,lllation and a
linear-prediction-domain parameter information; whékein a predetermined asymmetric synthesis
window is applied for a windowing of a current portion of the audio content encoded in the _
transform-domain mode 15 and following a previous portion of the audio content encoded in the

transform-domain,padechath e cusrant BRsion af dgew@c%%l%ﬁﬂeﬂqmmi&ﬁ%a%quent
portion of the audégﬁ]gonte tenco@ed in the transfog[}]- omain mode and if the current portion of the

audio content is fOMSHET B4 LESLIR RAFRESA o content encoded in the CELP mode;

and 20 wherein an aliasing cancellation signal is selectively provided on the basis of an aliasing

cancellationgnformatiemowhighpisindinded & dbe-gneprgehiantassniationef haalidip erriggt and
which gepresents iasing ancellation signal com onen%s wt%i{:eh W%J(I) bemregresented by a

transfoini-domain Tode. gpfe entation of t e%@‘lshcbg%%ﬁ’%t pof’ﬁ%n of the u%ffcljg:content, if the current

portion of the audio content is followed by a subsequent portion of the audio content encoded in the
CELP mode. 27 . Asampigarsptegraecial posiing andethoraseaiingnioshaarbrohaGavien the

BQcomputer progrgm {%ﬁ]gic?gm%ﬁlogggr%g%ﬁtation of a portion of the andio content to be encoded in
the transform-domain mode, such that the spectral coefficients describe a spectrum
10 of a noise-shaped version of the audio content,

wherein a time-domain representation of the audio content to be encoded in the
transform-domain mode, or a pre-processed version thereof, is windowed, and
wherein a time-domain-to-frequency-domain conversion is applied to derive a set
15 of spectral coefficients from the windowed time-domain representation of the andio

content;

obtaining an code-excitation information and a linear-prediction-domain
information on the basis of a portion of the audio content to be encoded in an code-
20 excited linear-prediction-domain mode (CELP mode);

wherein a predetermined asymmetric analysis window is applied for the windowing
of a current portion of the audio content to be encoded in the transform-domain
mode and following a portion of the andio content encoded in the transform-domain

25 mode both if the cwrrent portion of the audio content is followed by a subsequent
portion of the andio content to be encoded in the transform-domain mode and if the
current portion of the audio content is followed by a subsequent portion of the
audio content to be encoded in the CELP mode; and

30 wherein an aliasing cancellation information, which represents aliasing cancellation -
signal components which would be represented by a transform-domain mode
representation of the subsequent portion of the audio content, is selectively
provided if the current portion of the audio content is followed by a subsequent
portion of the audio content to be encoded in the CELP mode.

35

26. 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:
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27.

75

obtaining a time-domain representation of a portion of the audio content encoded in
a transform-domain mode on the basis of a set of spectral coefficients and a noise-

shaping information,

wherein a frequency-domain-to-time-domain conversion and a windowing are
applied to derive a windowed time-domain-representation of the andio content from

the set of spectral coefficients or from a pre-processed version thereof; and

obtaining a time-domain representation of the audio content encoded in an code-
excited linear-prediction-domain mode on the basis of an code-excitation

information and a linear-prediction-domain parameter information;

wherein a predetermined asymmetric synthesis window is applied for a windowing
of a current portion of the audio content encoded in the transform-domain mode
and following a previous portion of the audio content encoded in the transform-
domain mode both if the current portion of the audio content is followed by a
subsequent portion of the audio content encoded in the transform-domain mode and
if the current portion of the audio content is followed by a subsequent portion of the

audio content encoded in the CELP mode; and

wherein an aliasing cancellation signal is selectively provided on the basis of an
aliasing cancellation information, which 1s inciuded in the encoded representation
of the audio content, and which represents aliasing cancellation signal components
which would be represented by a transform-domain mode representation of the
subsequent portion of the andio content, if the current portion of the audio content
is followed by a subsequent portion of the audio content encoded in the CELP

mode.

A computer program for performing a method according to claim 25 or 26 when the

computer program runs on a computer.



