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content.

Embodiments according to the invention are related to computer programs for performing

said methods.
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Embodiments according to the invention are related to a new coding scheme for a unified
speech and audio coding with low delay.
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In view of this situation, it has been found that it is desirable to switch between different of
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35  should be compatible with the objective to have a low encoding and decoding delay.
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Wi ndoy shape AirtdigBor@ibRdP 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 a 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 audio 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.
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the audi o signal encoder is configured to select a w ndow for a w ndow ng
of a current portion of the audio content (which is preferably encoded in
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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.
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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.
Moreover, the aliasing is kept comparatively small due to 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
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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
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windowing, to derive a windowed time-domain representation of the audio content from
35  the set of spectral coefficients or from a preprocessed version thercof. The audio signal
decoder also comprises a code-excited linear-prediction-domain path configured to obtain
a time-domain representation of a portion of the audio content encoded in a code-excited

linear-prediction-domain mode on the basis of a code-excitation information and a linear-



In a preferred enbodi ment, the wi ndow values of the |eft wi ndow half of the
of the predeterm ned asymetric wi ndow are snaller than the w ndow center
val ue, swwb 20halstiBere is no overshoot portion in the | etr/psndovssal f of

t he predeterm ned asymmetric 25 synthegi s w ndow. Accordingly, a good |ow
del ay reconstruction of the audio content can be achieved in conbination
with the above nentioned asymretric anal ysis wi ndow. Al so, the w ndow
conpr i sepraligaacddniagg uepacymeters pamdemation. | Thea ;ﬁreqﬁ@rey@idnmtﬂ)tﬂﬁiiﬂﬁﬁﬂbmam

non-zero rm j 30: rter
| east by %8 e‘t"}em ann%g E%?(grredaﬁéﬁ' h&&? t&ﬁﬂ%%g rngné ensg’wé1 theRis \91%? eFOaud io
si gnal dwn@l@rmg @fca)nﬁnrgurmtl@ru@ﬁ thehapdig mggwquémodpérm|tb¢|§rao$f0trheiomm 0

content encRAed oo hrRRAbQY ﬁ&ﬂé‘i@ﬂ%mh@%@mc%&rn't %ﬁccﬁieﬁ%ﬂﬁé HanS¥eh! ap of
at Ieast 40 % The, audi o signal decoder 1s also conf hgure such that a

current 38MEY BPH el if Hie QignbPEAR 8k th ee%i&j@alt‘?m ig Wﬁ&yfaowhs%%ﬁ n

node and partﬁmb&eméemdlcp@éﬁtbﬂner%dédﬂm &Lkdtréhs‘f(ﬁ’ﬁi-@cﬂhalﬁ ﬁﬁ@&l:ednd ¥ thlaecu?EhP node
ured to

SOt o PR e g caftPar, PG B By Ao SE Fartos,Of R il 58ehl e
al i asi ng euc-mtedluh dtd OBLP micgicn®hé eundio signhl ddeadertik eorefl guasi anseteamzdy Ipmmdm

stgnal WP ity CRLHERST (iERA olf{}]l@@o%?%f% JIRING S Ol1af8T FRbAn T IR0

artifacts at a transi current on O cont ent
(encdBed chientheortiom 9sfthe ndioneantenie dyllavweda E@b%@(ﬁ@@l@m peitiongr & aude audi o

content epgRAeSchiedinenEEEPIRIR: By having a significant overlap between
subsequent portions of the audio content encoded in the transform donmain

node, snooth transitions 5 can be obtained and aliasing artifacts, which

may resulThid amm) tsl”gﬁhauaagﬁelofs Basbéppettic tﬂnallﬁfgf ﬂfafm(gdokletradfeﬁff t&x\aml eodig

i nverse scr et COSI ne Cflr an el or r@ glce ﬁ’é by usin
signifi cgﬁ Cl%l%fé”r Iaélslo |q(ua ﬁBgs 21188 1 & EhndhRc tﬂ 51891 'é%l 8n§:a§n and
t he éﬁoommdeg:rmfneﬁmmmetm syntktsweemdswbide guemdoparg 0O apoftiar oéﬂamldw
frames or, ﬁtfe ERERSd ﬁ%e anGOHE a6 afﬁf mBBé gfré’sﬁ%ct?xte LG hat gxl theC A&

encoded |n t trans ormaonal n no er to avol i nconst C|es in
the franiPRgicanef the aydigepontenta |e@w¢eérmtqh@ tpgsfopn-dopwipmedetasrifi the ¢ ELP

asymet r igfodRY ByN@shs ad A3giawctritd SRR viddoQN thd o e BthrdTRGR1ieS of hige
subsequent of, the audi o co t he pr.esence of a

porti nt or overl ap
Dot oo BB D e st Eirot BTG JRR caiea B e g B kP hEvy Bivir
t r angdor nmdoveelap rodenathd windossbpptieknd sposcuan mitiddseofititi audiorbeteht

encoded ieﬁcot(ﬁﬁ ilgt?lll‘e gg)sgorm-éorgalﬁ %QO(EdNevertheless 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 pointed out that the audio signal decoder
described here comprises the same advantages as the audio signal encoder described above
and that the audio signal decoder described here is well-suited for cooperation with the
audio 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.
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in the CELP node. WO 2011/048118PCT/EP2010/065753 12 In a preferred
embodb e a préferréd eqbedionent dinalefi-ided: Zone povivaicnmpoinser teegthi of at daaki Hubed to
apply t h%freﬁee%&&wmaﬁgs BEMUTRRI RSN AEShS L RIS Rlowndll ROABHNG @f @
current portion o audi o content enco transform mbde and

f ol | owi ngnage st § gnofere W@d@w%u%oht@ﬁbe@h%)@aé&laﬁ Auchhis SEOMaHe & indoye h

that por ti{ gngl-Riited Br AW @61&3}0 rabﬁmau@ﬂ@ ogRd that isicht he pﬁerdat@ﬁﬁfﬂ&méimemmde
are w ndovveﬂ usi ng the sa?rie eter ed asymmetric syF e@l S W ndow,

i ndependéit ?%W%d%dés Epit: Saltisi“ roe&opswwowﬁ&f b et DONETEEBRT Nt i s
encoded atddamdgeousd prdégemdeat adynomatdc amdesi§ wardoin whi ch a subsequent portion

of the audio content is encoded. The predeternm ned asynmetric synthesis
wi ndow i s applied such that a wi ndowed time domain representation of the

current pora preferedd @mbocti@leaﬁ,ldh@ vaodaventaluenaddibd lefh windowrlmahs pbithe dbrled n
mode te”%%cf%{elrﬂﬁl& elsVARR Y Windbw hféesrﬂzﬁfé‘ﬂ'tﬁhnr ﬁ‘ﬂ%r\?ﬁﬁ%a&e‘n%? Vafuel BhPihgy1 ous

portion t he audi 0" content encoded t he CELP node. Thus, the sane
pr edet er iRGigds 48 yHREDPPICPYAR Ak dhes lqﬁi WMM éaltﬁ@édm @Fedateaamemﬁmmemfe

audi g5co @Sfﬁﬁém@m@d AdRotd:1¥,F EsIdoo N E0aRicRomsREetidreeme mdﬁﬂat cofn’(fje‘ﬁfsz{ﬁ)des
f he udi cont ent

in which the a cent Vi ou nd, subsequent portions o

ore encodden TR RECOmRRER) W BRePPU gl Bnee R s slsghaneeltor
i mpl enenttm'wmalowscopqassedad goodMiramiendyt resoneinecessary to use any signaling of
the type of synthesis wi ndow, which reduces the bitrate demand. In a
preferred enbodi nent, the audio signal decoder is configured to selectively
provi de an awfaﬂwch@nb@il@aw@émp@rtzﬁr@rpoﬁl@mﬁ the pradaierhimsd gsymmeimicayindew ny
cancepl atshQfer! AIQLIB 1O, Itﬁantmarﬁy[éh it portion of the audio content
follows a previous portion of the audio content encoded in the CELP node.

It has been found that it is sonetines desirable to also handle an ali asing
at a traﬂﬁiatlbrefa:rﬁeﬂwmt@dﬁ@éﬂtj e MDiiot hgnaatuéb@deeamwﬂfﬁglﬂmmdthwsdmal@aP

node to a ortl of dt e C[il o] t.e enc deddl thescfransformdorral node
ising. an tafas oS SR eBed B i Mo FRHERTBROCTin pidel BB P DHORAL € hi <
concept lwergsofitongst d0géodhe radlie sfgnabdtandenisbiltor aindigefetli stick ey aaqudrede| ay
char get en 'oa'idncéf the" aﬁ?@%gﬁ%ntpér?cfoﬂ&{ &g ﬂ‘?é*’ﬁ%éf&??ﬁh?maﬁe 8de and a fubsequent

frequenc mal n-t o- onmal n converter 1s con ure

dedi cat edod®prafebe pedie rcamfgmttqné@d%iyntth%E&Pmmmnmp @Hemgoraf)qﬂfeémn?he

audio signal decoder is configured to selectively provide the aliasing cancellation signal on

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



30 fromthe predeterm ned asymetric synthesis wi ndow, for a wi ndow ng of a
current portion of the audio content encoded in the transform donai n node
and f ol | ombngii4pnasti on of the audi o content encoded i npchapreiabBssvesie. |t
has been found that the presence of aljijasing artifacts nay be avoi ded by
such a concept. Also, it has been found that usage of a dedicated w ndow
after a transition does not severely conprom se the | ow 35 del ay

char act eré¢diicecsr cmmlmiasing aeurtifaétoramat traagitivadfudm eble todrertt hmrﬁc&i eCthearmudaf such

aynt hest <o PLBRE ST GRS R B Bl e B Bt e RlagR o
pr ef er r egorighioeticadert in ﬁlh(,CEidﬂewéﬁcBY ddving nengnipeadioveilambdwnaei subsequen{ CELP

path) is ﬁ%ﬂlﬁg %@Qﬁ@h&cﬁ& %@lﬁteﬁ%@dcb&é’d {d BRaFamBIoPALdoinh@) n%@ﬁérﬂo&ﬁlttﬂnélﬁ&%l—"
pat h) co gﬂ %Itﬁto obtain a timnme-donmain representatlon of the audio
e

cont et &AR ined nd| Yepingi Atifastie axtch @y 1o3elhTyR &8s dsrEn o dniPAchode

(ACELP rrr@fiﬁafoﬁmhra@ fblsexasxqﬂe as 1hb@s@ﬁ63rfe)&c‘dl§ceae %émmaﬁsfmgcbr@tamtedo mai n
node) on . the basis of. 1%1 ebral c-.code- lﬁg? tion |nf

T near - prCtd, BitEioNEr T PH A Hedte APey g g gpiguaieney ndhe

al gebr ai croothérgeadCirdnsdions hemveep rsebieqtdnd tpentmmm(fm_r pashplasfraies onsié)fmmms) ed

| i near - prgd} Qe‘ L0 h‘ﬂofgaog d?@%%t@ﬁ Abbdedh I &%ﬁmﬂ} &%rﬁ ifERRY£an be
y i men

achieved I'n cas S accor e I nvention

creatl® a onder Hodavosdt Hmoeetia@nlmnaﬁleefr@@d@jan@pm 5 eqit tat ﬁl&mv dbr &ie sepdiob teont ent

on the basiRi@hiRa dsPRHctECRMERSALALHOR ilepbRRnAABHPHE RRAESTAg adde 3 FRRE hod
for providing a decoded reprgsent ation of an audl 0 content on_the baﬁl s of

an encod&Hbseape PeRtoR: pTothe spdionrontangi 8e PERERS o Firmnesd! akHaRLARYER t
accor di nguirentt pertibmweMihic odudio @ahtenia ceipditie rthe rtﬁ@ll‘sﬁ)lﬂiinfcﬁfmdihe rh@temndg) tied

| east one of said a t hods d uter prograng are
based on® qu%eﬂrep %%l%sgheaélu?ﬂeco %ee%é?g% 1Be Sgﬁgpg}o Ral® ‘% d€r and
t he dbovéiaweehalcdseaiTlﬁdwca arlsmg;;atashclde(ct@d@nomarst @acclibby tppllesspicedcctytiany  of
the featyy ﬁl"’}‘ﬂ [ | dutali&Sat & R hiGa b i gnal
encoder gr%gl 9 (L]gbghsa:agﬁau d@sa gﬁ r| eF% E%rblﬁ%ﬁ%gh” o@ % am”m?’&i
Enbodi neﬁ@éma@é@wn@u aYlagﬁrh&hparV@%mcoqhﬁgéfﬁql%ﬁyW || be subsequently be
descri bed taking reference to the encl osed figures in which: Fig. lshows a

bl ock schemati d| Q SI naI encoder ccording to a

oot molt AGFIER R baesn the ity gt 33ehasE R RE el & St b oty arme
of teansfwindovdagwifra patdns pbﬂfonuﬁfethe raudlhecoii%udtdepsn@nafromna:edﬁie wlgicloridi ng
to Fig. 1’56({: ¢S ag S %x\émg @%ﬂg%}b&d;ut%{@}; 1&1891' 8‘9 tau 1oapon?elf1ql Whith gcpv%lrlaps

decoder, "accor di ng '
temporally with the current portion of the audlo 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 current 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 conparison of a sine

w ndow (dotted line) and a G 718 anal ysis window (solid line), which is
used i n swomoamhgdsnents according to the invention; 5FipgT/EP3610X65783
conparison of a sine wi ndow (dotted liine) and a G 718 synthesis w ndow
(solid line),which is used in sonme enbodi nents according to the invention;
Fig. 7shows a graphic representation of a sequence of sine w ndows; 10 Fig.
8shows a Igrngpbicoed embediarhagttho freqxienay-slemuelnmaimé d&nﬂih&oanaiteysii; smﬁgudm/vs

Fi g. QSh?@%ﬁﬁ gthgg)?%a%tern%ﬂ{easa%wﬁﬁ{eltr?p théaslsS ORC oflroaf w% “%}éép tg fc%%leﬁt

w ndows senta
W ndows (pgdlqnobflthml}dlen@mtﬂ@@moc(ddl ind mmé@’nvmoﬁe smhﬁaﬂewng Fpgrtion béllons a

gr aphi c raﬁ&ﬁ%ﬁféh@&ﬂc%ﬂecpfn e AP mBBY, 1506 af p&HtibAVGARE aYdidbhicRdencoded
speech- and- audi o-codi ng (USAC) conprising a sequence of G 718 anal ysi s

20wi ndowdn thgofrars @rrrhé?mﬂeened@( ﬁﬁen‘eHHﬁWR%alSmgtthe stamEdetesminct gsypptstric
al i asi ng sghesd Iwaﬁddw ifidepédeht et Taetfﬂodid li‘lﬁ)whlﬁi g pra,asﬁmp@rt@ngdfamel fudio

et TSI ML T I S —
uni fi ed- spebe rudindeaudit ol Sawdialy Becpredétagnined Risgmmefric Byrghesis3 stalosy as
graphi ¢ 1,50% &5 &RhahheD vWAhdv&e AR bt htaBioh VY (HE A MPdrli&Tof 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 in 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 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. 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.



speech- and- audi o- codi ng using a sequence of G 718 anal ysis w ndows (solid
line), ACELP (line marked with squares) and FAC (dotted line); 30 Fig.
14shows awgrapliisgiisepr esentati on of a sequence for the gymEPresiH65753
corresponding to the second option fori3l ow del ay

uni fi ed- speech- and- audi ocodi ng according to Fig. 13; WO

2011/ 048118PCT/ EP2010/ 065753 15 Fig. 16shows a graphic representation of a
transi t i danafpraorradlapbodieeny tici codatcreitodi | the baprddiotiors-domdinrgti AVRLIB#)h) 0

advanced: aﬁugl Qorg%dc'oﬁg e&%) 1né:ar re gtorﬁo qn ktA%ﬂLEip G .ﬁfédoio an
R i Ao

anal ysis 'w ndow of oa 1o efcosiné~trans
( LD- MDCT obfam adumrdemalau@pms%@tmgowhpm@rmmgd dngodagdeingan @lgﬂ@aﬁl-_@)de- Fi g.

18shows ayGfPHcGr- 51%8&%6%%1110&0@5 &CEEPtrﬁtﬁf%b %wﬂ%ﬂ@soﬂ\ée@fas ke iRl &¥ited

nodi fi ed-di screte-cosi ne-transform

advane ed 1RGHTRS A HEADEAMEAER P mhﬁ&sa&f a(rMeetEEIB)wdﬁegwailgg HBREMALIQYr aphi ¢
representagd laQﬁleélf-pI'%ﬂlcﬁéﬂﬁiﬁﬁﬂn@m amﬂwexsmmtﬁﬁﬁsn Ry uﬁﬁ\g b€ Bigabraletomreskcited
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sequence phdicularly 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 audio
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 to 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-2¢ ~ 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



swi t chi ng bet ween advanced- audi o- codi ng- enhanced- | ow del ay (AACELD) and a
ti me-domai n codec; 20 Fig. 2lashows a graphic representation of an anal ysis
wi ndow f owoaotwmsasti on froma time-domain codec to PCT/EP2010/065753
advanced- audi o- codi ng- enhanced- | ow deljgy (AACELD); Fig. 2l1bshows a graphic
representation of an analysis wi ndow for a transition froma 25ti nme-donain
codec to advanced- audi o- codi ng- enhanced- | owdel ay (AAC- ELD) conpared to a
nor mal adv@riced- audhmmmdbnmaﬁMam&edideMd&WdﬂoﬁwﬁnaLﬁ)d aal y&s aslydindow,
Fig. 22shows a gra r e i i

sequence 30for sw f‘&g}?@w %%ﬁlﬁﬁﬁl%%%&gﬁsc%s d%g{%:)éo R rﬁ@éﬁﬁg‘ﬂ%@ -gqg%ofel ay
(AAC- ELD) and a tmmnmnm n codec; Fig. 23ashows a graphl C representation
of a synthesis wi ndow for a transition from advanced

audi o- codi.ng- enhanced-| owdel ay (AAC-ELD) to a tine-d i n 35code

2011/ dasFispCT/ Epzélmsow?@gari@@n&fo?eém%a‘ﬁﬁ%%édqt@dalm%ﬁ%ﬁ G718 Synthesw
advanced- audi o- codiwigdesh sideltheh, avidheds ayed M\Gotnk Rimtoithaes bscording aithd=i g.
24shows a graphic reVpresent ation of alternative choices of transition

wi ndows 5for wi ndoW t(Eﬂﬂénce swi t chi ng bet ween

advanced- audi o- codi ng- enhanced- | owdelay (AAC-ELD) and a tine-domain

codec; Firg 25S0wsy @, 0f AAPhE RLFRAOH BF b QhuBhocll BB Ve W ndowi ng of

ti maldomal

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 line)

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+);



signal and alternative framng; and Fig. 26shows a graphic representation
of an alternative for feeding the tinme-domain codec with TDA signals and

t her eby awbizemvioagiigritical sanpling. Detail ed Descripti earafr2i10®65753

Enbodi ments In the follow ng, severaljsenbodi nents according to the
invention will be described. It should be noted here that in the

enbodi nents described in the follow ng, an al gebrai c- code-excited

| i near - prieglilét i on- daves a @ﬂPhc@A@Ekﬁmpﬁmhdfmjﬁhmh@ndﬁsﬂwh&@ﬂva&uﬁﬂqaxanple

nggLrglgoggdgéitfsgﬁ%ﬁa$ggF% kﬂ%@%%gd(?ﬁﬁgfﬁﬁﬁggu3 d that an

descri bed as a exanple of a code eXC|ted Ilnear-predlctlon domai n nnde

(CELP nogg) .17Al so, sﬁawsalaggagﬁfccr RAEn LS b@tdnogndlygfl@rvﬂﬁad&rb%llbwb&ela
described as an exanple o excltation i nformation. 25hbverthe|ess

di ffePent types of H@éef&de@eéqrﬁfécfomﬁré@m farra AL Pr MEH-Hoeadyanssdrgidieagpding used

i nstead of the ACEthQ@hﬂﬁmd&@@kkQQQAQ&IE[ﬂ» For exanple, instead of an
ACELP path, any other variant of a code-excited |inear-prediction-domin

path may be used, |ike, for exanple, an RCELP path, a LD CELP path or a
VSELP patHig. 130 To slwvmarai 2zegphdi fré@eentatioonof pt symhysibewinded bﬁrloWedelay

pl erent the codes g e LASAGRE A GbhA I ANRIC BRblvar 61 OU B

common that a source f p ion roug |nea

predil@tion i s usedchlinbediov-Aelay (HACHELPKe audi o encoder and at the side of
t he audi o decoder, and that a code excitation information is derived at the
encoder si.de by dlrectly encodi ng, w thout erfornlqg a.transforminto the

frequenc§“%dﬁaln Shoves a0 28 5%Fﬁﬁa?P@ﬁ8P ha128 o e g nuindgwa secients

signal ) adapted tosekélihg (b@ﬂWeshl dV @iced-aadibicoeig= q@ha@bedilwrdelm)dedm(@or
exanple, a linear- Eﬁgﬂlctl thes filter) for a reconstruction of the
audio content to b @8@8 Iﬁ%n %’ mode, and that the excitation
signdb is derived directly, mnthout perfornlng a frequency- donain-to-tine-

WO 2011/Qﬁg%bBPCT/E?rnaté&ﬁﬁ%@%g&%d& ?ﬁgﬂﬁﬁ§§g %éc e quence for

code-excitation in he si I‘ECOI’lSt ruct
the excitation sighaltcling sbetnesn grid Vwe@r@u@}t)scpﬁmrq%a@qe grieyyd e&'cr et o

excite (or stinul agD)anl hARR-dothadiceddcon nodel (for exanple, a
l'inear-prediction synthesis filter) for a reconstruction of the audio

content encoded in the CELP node. 5 In other words, the CELP paths in the
audi@Osigmg&lencodeMnamdgﬁmhmhQXamdwnoﬁb@mmhmﬂﬁn@d&mOmwmfeahhyﬁ@mﬁhhme a

usage of a1 near- BredSlieTodRTRl aBAIEL (A0 LLLSORMIED. JTRYelA AF-

filter may preferab e ‘cont rgure ract
"time-domai n" enco@ﬂﬁ@ or decodi ng of an excitation signal (or stinulus
signal, or residual signal). In said "tine-

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



10 domai n" encodi ng or decoding, the excitation signal (or stinulus signal,
or residual signal) may be encoded or decoded directly (w thout performng
a ti ne- dowei2ottraasfisequencydomai n conversi on of the exci tatrirppoisiogsvas , or

wi t hout perform ng a frequency-donmai n-jgoti me- domai n conversion of the
excitation signal) using appropriate codewrds. For the encoding and
decodi ng of the excitation signal, different types of codewords nay be
used. 15 For exanpkedecHdpareh t€ adewatad sadyerced-akidiof sualinyg-ahandidrgwsddieme, or
a Huf f mann decodin ; . for encoding or decoding the
sanpl es of the exc%%%g?ggsiﬂgﬁﬁﬁgﬁgégﬁgthat Huf f mann codewords may formthe
code excitation information). Alternatively, however, different adaptive

and/ or fipedicodebonks ggféaﬁhﬁ MR Alont e CRGAGE BbiRbARGQELRviRdoWNE .

excitation signal, opt] y ih combination wth a vector 20 quantization
or veétor encodi ngfUe¥BdPHFCULIRER SYHERINE ReRep gdesréraudiprepfingenbgssd-

exci tation i nfor maidwatlay (RASOBEDS D tifkfotaidb@Rby ai ¢ codebooks may be
used for the encoding and decodi ng of the excitation signal (ACELP), but

di fferent codebook types are al so applicable. 25To summarize, many

di f f er entFig@icept s sliors 4 hmphiti repeséhtanoadiangltofnatihe wendomting 0Omsidgmain

exi st, which may al L CEL ath. The encodi ng and decodi ng
usinq t he ACELP coﬁ%ggg?ﬂaﬁgghgﬁ%ﬁ%ngg’gggcribed bel ow, shoul d therefore
onlylBe considered as an exanple out of a wide variety of possibilities for

L Ihg i rlrpl G } g:"lslgﬁwst DErapElkReRaiditatidR b A diGniharel fEAGQURS tiMsGBRAINY t O

ng, an audi o sigpal. encoder 100 according to an
embodi ment of the FRRRSHTIGADA PEnaeanddBeEb e ag fY'Geesamriiige to Fig. 1,
whi ch shows a bl ock schematic di agram of such an audi o signal encoder 100.

The audi L%aii en Ode%ﬁéog is.,configured to receive an 35 input
represenﬁ)%1 Jjongft 1ﬂ£¥¥g%%%%t and to provide, on the basis
therééf, an encoded representation 112 of the audio content. The audio
si gnal qu Breb 1R oC QRRLal éﬁﬁocgmtehé%%é&amg% TR iRy AR w;]iﬁ%fe"(‘ffééc‘}f%e&..s
configured to recei've a tinme domaln représentation 122 of a portion (for
exanpl e, franme or sub-frame) of the audio content to be encoded in WO

2011/ 048 1 @R3uTd 5PROEQMRRhRSBIN ke thdolindnsf Qfkenstanmithe FARE AR hnt Doiiai N a

set of spectral. efficients 124 (whic y_be. prqyj ded i. n encoded form
ond & noReds ekt Aget T emnaRT S g AT RS BN b fckPs bt
r epr @8 entoditai code-bREitodf litchepfediction@oohint peeh UELD padnf ant thhoabelgeherdedei N a

transf or i ) g ran r i opf i tQ provide the
spectral%%%%gﬁkgﬁgﬁggmuégﬁﬁﬁmgﬂﬁﬁgaé&ﬁﬁﬁﬁg%égggﬁ¥g &%Sgg%ﬁ%fgﬁ?g?%ﬂg%?ibe a
spect r umcofle-axaieil s Bngshppaiictiverdingin ofiodhd Ciildi anaslont énso, Ahelgabdiio-csdgnal
encoder %Qﬂta%ﬁ?nt‘éﬂﬁ&(ﬁfnsﬁﬁl R ARA Rl <CAH5 DF §Ich&Isd itBH mBSrReliGh ! On-
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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
linear-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-
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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



Accordingly, the tinme-domain-to-frequency-donmain converter 130 does not
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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 to 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
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ti me-domai n-t o-frequency-domai n conversion 222 conpri ses_ an execution of a
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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 the ACELP mode if an aliasing cancellation information is selectively provided
at such a transition.

30
Accordingly, the time-domain-to-frequency-domain converter 130 does not require any
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 cancellation information 164 is provided
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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
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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
temporally overlapping audio frames. Preferably, the time-domain-to-frequency-domain

conversion 222 comprises an execution of a lapped transform like, for example, a
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more important 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

important (with respect to the intelligibility of the audio content) spectral components are



27 1.3.Details Regarding the Aliasing Cancellation Information Provision
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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. 2c 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
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representation 282a comprises a comparatively large value, are given a comparatively high

der

weight in the spectral processing 285, while spectral coefficients 284a, for which the
associated value of the spectral domain representation 282a comprises a comparatively
small value, are given a comparatively smaller weight in the spectral processing 285. Thus,
25  different weights are applied to the spectral coefficients 284a when deriving the spectral
coefficients 285a, wherein 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.
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The audi nfigured to conbine, for exanple
usin %5%%9%%h693§89$ &chém%aﬁ ?ﬁﬁ?g%resentatlon 326 of a portion of

t he leo content encoded in the transformdonmain node and the tine donmain
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frequency-domai n-to-ti me-domai n conversion 332 and 25 a wi ndowi ng 334, to
derive a w ndowed tinme donaln representatlon of the audlo content fromthe
set of spektt r dletak : odraic-Codpthe bmsadPred P The
frequencydomai n-t o- tlne donaln converter 330 IS conflgured to apply a
predeterm ned asymetric synthesis w ndow for a w ndowi ng of a current
portion df thpecfolpwing, cwnice detadh degrsding nthehalgehraisstoderexeitnselinearrprsdiching
fol | oW n@omaRy Sith MG wRObE H&RriBEd. t he audi o content encoded in 30 the
transform domai n node both if the current portion of the audio content is
foll owed by a subsequent portion of the audio content encoded in the
tr angfor Mmhaos@EDLP ndle 1a0oinfpriste a dinchepitcdjpaotdomainf piri@crudalculdoh €50, i s
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al i asi ng ,63NGRIPrRL ANASTEI PRl RBMoPEohfRafRAS] 2, Hhi@Dis 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.



aliasing cancellation information 362 if the current portion of the audio
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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 error signal 172a. The error signal
172a describes a difference between a synthesis result obtainable by an audio 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
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2011/ 048118PCT/ EP2010/ 065753 32 Moreover, an audio quality of transitions
between a portion of the audi o content encoded in the transform donai n node
and a subsequent portlon of the audlo content encoded in the ACELP node can
be kept High, AddinSignaldaecodershegs eleiged cal |y adapt ed synthesis 5w ndow,
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and audi ohquadodty .audio representation 112 prov1ded by the audio signal encoder 100 and to

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 2.1. Details Regarding the Transform Domain Path In the follow ng,
details regarding the transformdomain path 320 wll be given. For this
pur pose, woaopl@siief inpl enentations of the transform pache2@onsizss be
described. 15 2.1.1. Transform Domai noBath According to Fig. 4a Fig. 4a
shows a bl ock schematic diagramof a transform donmain path 400, which may
take the place of the transform domain path 320 in sone enbodi nents
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I nversely quanti zed spectral coefficients 420a. Accordingly, a scaled (i.e
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1S con cive an aliasing cancellation informatio 0 provide,

15  on the basis thereof, an aliasing cancellation signal 364.

The audio 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 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 is 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 thereof. 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
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pat h pOI‘thIl of the audio content encoded in the ACELP mode typically comprises some degree
of time domain aliasing, which however, cannot 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).
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25 adapted to a linear-prediction filter. For such signals, the stinulus
can be encoded efficiently by an encoded set of spectral coefficients 442,
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by the filtering 454, which is determsned in dependence on the
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422, a (comparatively) small scaling factor may be applied to such scale factor bands



37 coefficients 480a is reduced. In contrast, spectral coefficients 480a
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noi se sha spectral coeffici'ents 483a using the
frequency-domai n-to-time-domain WO 2011/048118PCT/ EP2010/ 065753 38

convessi amuéddc andsfolit d@nm@ommm% @huykhﬁfagum, copkidbrtakl & frequdnepRIBehain
transfor m hS 1sucso%glgured 0h p{roryi({e tg fie dommain ?‘epreaéentagon 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



2.2. Details Regarding the ACELP Path 5 In the follow ng, sone details
regardi ng the ACELP path 340 will be described. It should be noted that the
ACELP patwo340/mmmsperform an inverse functionality whercecmrpawees7sd t he
ACELP path 140. The ACELP path 340 comgri ses a decodi ng 350 of the 10

al gebr ai c- code-excitation informati on 342. The decodi ng 350 provides a
decoded al gebrai c-code-excitation informati on 350a to an excitation signal
conput at iofn tanditjpaskictpeace psitiog @the awkiiocdonkant eucaiepriovvhd &squmcAGRhRiIn
excitati [ | 3% | co i decodi ng 352 of the
Iinear-p?%)l@g?%ﬁpﬁgﬁgﬁﬁmg%%@%E#géggkgﬁ%d eggﬁgﬁgtggﬁx@eCeives t he

| i near - prediction-domai n paraneter information 344 and 15 provides, on the
basi s theresf rhiREaf DBLERI Lk RR:HanBih FRAUgNEt ers 352a, like, for exanple,
filter coeffiCients of a Iinear-prediction filter (also designated as LPC
filte?). The ACELP path al so conprises a synthesis filtering 353, which is
ftpnf I gur eﬁ%t abf éﬂoﬁz&?r at BRCRXSdhtakiio rms%gmbg% ha%ﬂsfbrﬂle@ﬁlﬁdl%ﬂ@iﬁlﬁi@ﬁ_ tifkar-

i near - predj.cti on-domai n aneters ccordingly, .a synthesjzed tine
dona n SiPgri iogespas pat St URAS e agoun SPR PR odau R 0Rs kEEhtg
353, whi oplace of dpttransfrinydopast pgph 32@ssed in a post-processing 354 to derive
the tinme domain representation 346 of a portion of the audio content
encoded in the ACELP node. The ACELP path is configured to provide a tine
donailf r dipeekeXtldil oathot3Oaisteonpevist [ty rpqomyc @dewdﬁq? o8t of spepiealanggffriantnt ent
encoded 49218 Aol 11MB&IEpreditfioR YGRS ardriQerk 1408, wRicH N B EQRIRERINsaL | On
346 may self-consistently represent at domai n signal” of a . portion of
the audi GOEEANEHRE IR HEr THior Gk RN gat 430 Tt ligHrerngPE%Vé LimEHOBAE nay
be L ree frqﬁasehiaﬁerll d@ﬂa'ﬁ B paftioasdgm]gs b amyexb%n&ddéﬂﬁ@dlebscx-wlgﬁiods??mm
w ndow. Accor di the ti L kepresent ation 346 e sufficient
Lo recondtrtel Phetadsl 5k Ph R RaR cab b Fa7 it BY Peotsd MoEp Bditipiavi ng
a bl d&k- tdppeinpangdostesidde) , even 30 t hough care nust be taken that there
are not blocking artifacts at the boundaries of such a block. Further

details will be described bel ow 352.3.Details regarding the Aliasing
Cancel | atlihenT SKgddP ppiodd G epmpings xp degodig asbarT/ I gyapszasm 4%) of the

encoded set of spectral coefficients 442, which provides, as a result of the decoding and

inverse quantization, a decoded and inversely quantized set of spectral coefficients 450a.
20  The decoded and inversely quantized spectral coefficients 450a are input to a frequency-
domain-to-time-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
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 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



al iasing cancellation information 362 and to performa decoding 370 of the
aliasing cancellation informati on 362, to obtain a decoded ali asing

cancel | atwonoimiserisat i on 370a. The al i asi ng cancel | ati omrcsirpp@d/ops7eyi der
360 is also configured to performa reggonstruction 372 of the aliasing
cancel | ati on signal 364 on the basis of the decoded aliasing cancellation
S5informati on 370a. The aliasing cancellation information 360 may be encoded
in differcempriferadccodmgded dnvdedqahtveion 58, exahich e, decbdedaliicaspregiction-
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cancel | ation sign %H 1ngo Moy eoyer al so be use ln t he

nm
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the flormat of the aliasing cancellation information 362. 3. Wndow ng and

Al asi ng dAR ﬁ§1 d%wﬂggﬁggg&%ﬁgtﬁs mAy;%én egbg;h]fe&’ kd QUG pc Hﬁte%!ghﬁn{ f%%?efsgﬁt P

concept of asin ation, 3£ e applied in
t he audi 64§|0§ﬁ@prt@ﬁcﬁfc§1@ram0%@ eaeodsd i @eéﬁ@ﬁ&P%@@éﬁﬁme o filtgged|tingge

descri bedohirdebmi Usad n the foll owi ng, a description of a status of w ndow
sequences in a [ow del ay unifiedspeech-and-audio coding (USAC) will be
provided. 35 In current enbodi nents of the | ow del ay

uni f 2éd- Spewatmaird; atitderngcasd, mdidhUSAS)cribed bl dpnaicdbded lidver-padictioh-alypmammdow
fe)r(,?rennégg p%rsaer egg g44’@1 l{g h@)heac% Iagn\?ent}ﬂgrtll(f\l?eddodg V}%—l %}Ef%s%éta 1@@2’45 %P 21 po% or% tﬁ'as an
2011/ 048 m@p@ngmmﬁ@sm@g TCX-LPD mode from a filter stlrnulus 51gnal 452a, which is

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. 4¢




40 sine window or a |ow delay wi ndow identical or simlar to the one used
inthe ITUUT G 718 standard is used (for exanple, in the

ti me- domawo-2vn/dssaguency- domai n converter 130 and/ or theCT/EP2010/065753
frequency-domai n-to-tine-converter 33Qk. This G 718 wi ndow has an
unsymretric shape simlar to the advanced-audi o- codi ng- enhanced-| ow del ay
w ndow 5 (AAC-ELD window) in order to reduce the delay, but it has only a
two-tine overlap (2x overlap) i.e. the sane overlap as a normal sine

W ndow. fQ i rt i]J I t he
di ffer en-(gh 40&%‘%&% LIS SgHer“?as“cadlv%r% ﬁa%“%’ég %&om}’% ?’Wis“ﬁgﬁ“{‘aéfa%% not ed
that in the pla@bquvxﬁhngtransguneﬁ,omamf pathe330e iy tshmef crab@limantp| assoidengass dimed i n
order to;prkgoshe grid of the figure fit better to the wi ndows. However, in
a real system a frame length of 512 is preferred. 3.1. Conpari son Between
a Siné Wndow and a G 718 Anal ysis Wndow (Figs. 5to 9) 15 Fig. 5 shows a
conpar i sarmeafangfosinnioniin et 460" £aMifeeh-byded teitdtril-liicaepreaitiod-dombis

o b shallh | e LB TP S Rt SRIB M e BT e s P AE0 I ndow
and a G ttsfigmed ysirscantenaiowncodedsieo wif dspberai otoefficidnat 4&h aabswicedal Hadhr-
descri be r@dl io?f%}rﬁhlﬁ eﬁﬁmgtferst |78 AQRB ”g%g g@”&ln‘% ofaVi09, SRl §hd 'n' CES

bet ween an ordi nate escrl the w ndow va

res
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Fig. 5, tseﬁoﬁp%éﬁal%@fﬁe%n% mmlmvon\eﬁe BdLid §f theRmesRt 1%apyrealc$@h1d@niaime
520, is asymetrigc, As be .seen, a leftﬁ% ow hal f fllme domai n sanpl es

0to 199)palzﬂﬁleé%ﬁp4r7ﬁs@smalet4%? tFRSIA08 anPWWPEhO He MdRISRAEES ves
nonot oni @atddediimeicerSe-1fPPModet 0 a wi ndow center value of 1 and an
overshoot portion 524 in which the wi ndow val ues are |arger than the w ndow
center value of 1. In the overshoot portion 524, the wi ndow conprises a
maxi Arim Fh¢aTCRREPIG. patB 406G gosipsised rad decdsizie/mivese comptirgms 48¢.emthenh val ue

f 1 at ht
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conpr i sedays rthegwf é@ceé@d ardHYREsEynausnEpd szoigali gpcliiniaks 3&(@ wha dérid&dPues
nonot oni gathl 260086 QAsRisks meéda%g/\aﬂactﬁ%r@@@&mlza&ﬁinmltﬁonﬁi GeWRo tReRe tihe

right vvlndo lf al sq.conprises a ri zero . ortlon | t oul d
e hot ed At ise pRaicEo SR aHRP LMt Adb926 TR B R et
ti mezdormilemded fnde duenely doamized Chmaeptelictibdtionio rpdesmdters Wi dldovika, for ti on

(for 35 ex havi ng. r Ies
wner et ChaMPles 1@ oeffiyrBLo B MhE R AR ARy AU R G T e s o

the ri ght46§| @bd zerpripor td oln@gPragictiohslo@ant®-speatrglsdognain ndawersiae of &l ngl Y,
the time cQﬁ‘F’@lr@d 18- fEqLemneYads rhnﬁoﬁl‘(zéfsélho ﬂuzﬁﬁﬁe@eh& mb%e%ﬁtlgﬁfd%ﬁuﬁ' |

400 sanpl es the frame are aval
2011/ 048 P@WEF% 180D és13avidy agpgctral éﬁmatrha@pr%etaeaw% @ff theplincar-

current| )pramioyl&ﬁﬂnaiﬁ gwfan@fees 2y Falbé@mpme Qh@ﬁp’ecir@l &dndih répi&entation 482a

ti me-domai n- r n donai n convers shape of
the v nadWYsD0.8 WIRFER CURHPT SRESGRMARCP S oBETpSPRTSR el By the find
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 example, each of the spectral
coefficients 480a 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 linear-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



5(only) in the left window half, is well-adapted for a | ow del ay signal
reconstruction in an audi o signal encoder/audi o signal decoder processing
chai n. Toweusnewsme t he above, Fig. 5 shows a conpari sorcofEpao1®iosssi ndow
(dotted line) and a G 718 anal ysis wi ngow (solid line), wherein the 50
sanples on the right side of the G 718 10 wi ndow 520 result in a del ay
reduction of 50 sanples in the encoder (when conpared to an encoder using
t he si ne cotfiid@n)s. 4Fagis Bdsdedwin aotoaspaspeaoih cobffeichitnéSt fodofnequdonditedot | ne)

and a G Z)v]‘rﬁcl}SXHé hl%%hrs- r‘é"dfé%’ﬁf" fﬁl?e?l 8%01115&16 )b i gl?cfoﬁleé Sl%e@?‘-?reﬂ?c%igﬁ-idgﬁl%'na time
internms of tine oma?n.sarrpl es, \A%ereln the 15"t I e donmarn sanpl es Have
sanpl e i mdiagwterh 47 veempiiscandonparatingly sl raqecBy2cshosss, inbeyde(ssaledaiihzed)

Wi ndow Vvaly %atié&y%e?%caﬁﬁlggﬁ%%pﬁl %675213%%‘[?{ ngaitr&&%éiﬁ% W DAV 620 .anWifEhivdray be

used for the windowhg in the . rleciuenc - n-to-tine-domaj n converter

330, eonpiHpEation name heompiatgly lager kprogch spirtraheorfiicntsl R0 Thiaus, dhg

Wi ndow hapdctfad piddeasing 488 FRI)ivelPings @fordy befhapiizdea ZRiatipobhi WisbA2 and
a left-sided tranﬁgt'on sl.0 624 kp mhi&h t.he mﬁn%gmL%ﬁlues i ncrease

monot oni CEFATGAIEF & hzth? 8“‘(098%11%&@63 IR BTSN Val ue of, for
exanple, 1. The G 718 synthesis wi ndow 620 al so conprises a center w ndow
val ue of ( I ) L.gh i i Welol} ] es. 2 400)
conpriseg%gﬁégggﬁgﬁ%%?Cogﬁf#%%f%g%fgggma%Pc‘m%@%gééggéggﬁﬁgﬁﬁﬁ%ﬁ?%ggg% The
ri ghttOwi waeversien f8¢4 smeplosdo 2btein o tuppjlompisFigehyP#s ehealrequghey-domeig-to-
transiti @fS§ARAn G3AvERionh e nfahe fv BAeWIY 3l diesisBONiPBY Gahbibrdetkease from
t he wi ndow center val ue (é)ggp to zero. The G 718 synt hesi s . w ndow. 620
may be appPTRE; 2R ANEErG BREHL IR Wswattra@gm- tFeeBinglhdb e depein

sanpl es e¢pradenautich cists ane Bocladadult dftthe ckéqrish @froude nrfrequabeedorhiia-tb0
sanples on the l.eft side of t&ﬁ ﬁi?lB 4 ndo I@ft-siqe Zﬁ£° ortign1622)
resul t i ATE HIME) YRYHRIA" oY s Bihaf o Ssc\éir?él § iSRS HeY a2EBaer LYo
exanpbe, cotfénicotri®dneld shaldbanotddwhat artpnd domagn acpresentagipo 484amey abmpxsensi on
of 400 sanplas)-of Hife 46k O§a?;?d'l'€st {)vﬁﬁhriggéljg&stﬁaﬁodnhﬁrﬂﬁerzﬁgﬁ]e %gﬁéd cAyfi o

content of a previous audio fTrame can utput up to, positlon of

t he 50t h ceaffisicatsot83pHehiely e mpubbye ithfrequeppedamaingodisng-domaipefosrersione ti ne
domai n 1 eQiceRIRRIAL theNin® dbMBInCHENR ARAP RbinhARsOmé RIS mAHH hRasGRINERASorichts,

obt ai ned. - Thus, an gnagj zer o%, qverl(?gqf{jegl on between. a previous apdi o .frane
(or audi 6" EgbffcarreisfdPst AR QaHRsARI-adft0b thy SMF AYRag igPSS#as el P&
reduced Bybdeheent @ogtidns @fortdrampef fraricd@d saeframesY\Of the audio content encoded in

2011/ 048%&68%&/-55601%9 e(,)g§ %? ’TJheA@ddition 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 485a 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 noise shaping is adjusted in dependence on the linear-prediction-domain parameters.
Subsequently, a windowed time domain signal 485a is provided on the basis of the scaled,

noise shaped spectral coefficients 483a using the frequency-domain-to-time-domain



portion 622, which results in a delay reduction when providing a decoded
audi o representati on. However, subsequent franmes nmay be shifted by 50 %
(for exanmpbep1ilmusid®0 sanples). Further details will be dcsmpssedsirss ow. 5
To summari ze the above, Fig. 6 shows ggconparison of a sine w ndow (dotted
line) and a G 718 synthesis window (solid line). The 50 sanples on the |left
side of the G 718 window result in a delay reduction of another 50 sanples
in the deondesion Thé atd 18 wiyduwing M85 wivhetoin, pGcrably, bdapped dranfformexasql e, in
the freq Ie; domai n converter 330, in the wi ndow ng 424, in
the w ndgﬁmﬂ%mg@ or S‘l&ge% % ndowi ng 485. 10 Fig. 7 shows a graphic
representation of a sequence of sine wi ndows. An abscissa 710 describes a
time in terms b RYd-grSAmbaAMA ppgn and an ordinate 712 describes

normal i zed wi ndow val'ues.” AS can be Seen, a first sine w ndow 720 is
assocPated with a first audio frame 722 havi ng a frame length of, for
exanpl e, TR fB5AGPINGSsdSAdqiB refdiliBeshdAUEE P Hath 340 RN0LS@R}ribed. second sine
wi ndow 730 is associated with a second audio frane 732 having a | ength of
400 audi o sanpl es (sanple indices between 200 and 599). As can be seen, the
second audstmuld bervoféd Zhaitsth@fAf(ﬁitP path B40enpe ptrictron bl énviersesfineticshiabtyf where 722
by 200 s 0 e, rame
o Conp§| Sggr%d t@"tl?eoégfiﬂﬁ Ja 1{ I Plo. "%;ﬂg 4%&1&615&1173%6 Cgﬁlgblrs%u d&eec%Ei ﬁgé‘df anl c
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approxi matel vy, 585% h a toler nce Fig.
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block.

Further details will be described below.

35 2.3. Details regarding the Aliasing Cancellation Signal Provider

In the following, some details regarding the aliasing cancellation signal provider 360 will

be described. The aliasing cancellation signal provider 360 is configured to receive the



The sequence of G 718 synthesis wi ndows according to Fig. 9 conprises a
first G 718 synthesis w ndow 920 and a second G 718 synt hesis w ndow 930.
The firstw6.2¢iiB48m8t hesi s wi ndow 920 i s associ ated to aptirEpkobnasves 922
(audi o sanples 0 to 399), wherein 15 tilge | eft-sided zero portion of the

G 718 synthesis wi ndow 920 (which corresponds to the left-sided zero
portion 622) covers a plurality of, for exanple, approximtely 50 sanples
at the begudgimg rgneilatidre ififorrsitidnr a6 a8220 pafoomdi ndpcyding IVOne elico apaing on of

the first S ngo te 50 to
sampl ¢ 398 HRRETAR AN UL ERRS B R on UARARTY D2
second a%ﬁ@llﬁﬁmllg@@atlmlgﬁhl mweind%&m alsocenfigdicd teperfiirm 2EQonstruglieti o
sanpl e 599) At CAsiRE cREMatich il 384 Qﬁqlez&@@ P dRBIES alfalifo SEERNG SR 718
synt hesi s wi ndow 930 extends from sanples 200 to 249 and consequently
cover? aMoupafani3/08s  for exanple, approximately 50 sanples at the

begi nning of the second audio frame 932. A non-zero region of the second

G 718 sy hesi s wi ndow 930 xtends 50 ,to s | e 599. A an be
seen. RS bR RRgr R S S e PReish 1 ot BT S0 8 chbuh
non- zer o abevga dits efantphe the raEltas@g?@&cd;anbnasfosnlvﬁimdd\@Zamdy theecsmdodidn G 718
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transform donmai n frarre 183 extends. fro | es to. 3 a secon
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ACELP audh@suﬁg a:mdl&a)a xiabBas Iflrs@ﬁ‘iesa’ﬂliﬁﬂ09&54Eﬁbat-(preﬂﬁk91,on3tﬁ)nmﬁ paramlteZzer 0
val ues b f | es 500 anch?OO sec @CELP1 frami 1042 %tends
from sang S eé%fﬁplte WATBIE1698 Wﬁff%e ‘F%‘y Slaﬂ%ée 18t reﬁo% WETY53700 and
900, 1a t lifrtte tatiasisg arnsadlotion WI@JQUI364f Aitﬁmamﬁﬂﬁ, ex tie rdditibno m saspskeapd@ t o
sanple 1 r f i xt e om
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sanple 1 to sanpfe 048 L
example, in addition to a equency-dornaln representation. Moreover, additional

information from the transform-domain path 320 or from the ACELP branch 340 may
optionally be used in the reconstruction 372 of the aliasing cancellation signal 364.

20  Moreover, a windowing may also be used in the reconstruction 372 of the aliasing
cancellation signal, as will be described in detail below.

To summarize, different signal decoding concepts may be used to provide the aliasing
cancellation signals 364 on the basis of the aliasing cancellation information 362 in

25  dependence on the format 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-audio 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



44 1399. As can be seen, there is a tenporal overlap between the second
transform domai n audio frane 1022 and a non-zero portion of the first ACELP
audi o frawe 0D32s(18et ween sanpl es 500 and 600). Sinil ar lpgr/EPb@®637S3 an
overlap between a non-zero portion of 4gphe second ACELP audi o frame 1042 and
the third transformdomain audio frame 1052 5(between sanples 800 and 900).
A forward aliasing cancellation signal 1070 (shown by a dotted line, and
briefly desiwgimdbedows tidw FAGy windpvoidenkéchl @ samilaratostht ionn dsedrin e I'Bédond

t f I i o fir t. . £ . i and
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perfect reconstructi wth the help of the forward aliasing Cancellation
1070, > 1012ACGERED winden) i ofder E&ferdél‘?%g‘etﬂﬁlaéf’ aut ttdgs rplyer tYQ-tiEKAeHb £ ot ed
that the osb@ﬁﬁ) . thd Ssahtre o @tapang aahb@@eicl lr@nd:aﬂﬁ&lw.aﬂ"h@rfo%\mlﬁgvﬁé&é@,(i111072
is just an_il]ustration_ and does .not..reflect the cor.rect. yal ues.
A S RAD I o O R S e RN e T
i denti calwihdgw.a t echni que which is also used in the MPEG
uni fi ed- speechand-audi o coding (USAC). 20 3.3. Wndow ng of Mode
Transitions - First Option In the foll ow n%, a first option for a

ita

t randPt i dhsheetdlkseroted tiab it thgdeloveing dweesi s lame lengih of 4PPrsaioptas 1+ aseureedand

audi o fr aBRiceRFAGRIhL il tRCE R TP d6itdMtd thebPindEWE THRE o ak Bl rs?it@rh,ence
to Figs. an 11 shows a schenmatic representation of a

d 12. 25 °Fig.

wi ndowi nd gé%l@agtﬁ@fég2gﬁrpﬁe§rpd.opti on for |ow del ay
uni fi ed- speech-and-audi o coding (USAC). Fig. 11 shows a graphic
representatio : IS o Wi i i
(1'i ne marked Tosquar afiet 1o . ast att o trottet
30 I1A5Fig. 11, an abscissa 1110 describes a tine in terms of (tine-domain)
audi o sa RAtE aldidl wisRSY t | i i I A
first au |%e$?% @\%@gﬂﬁ%&g Ognac%é%d Ln% Fulgﬁ%?%gés or h}z(%gtrer%\/:h%gpr%ﬁ e? dézltsgends
f r om samghalysio viedago Greprsected e gisgha g viakimerisfesensade Fturie rdrich smas o
second augighid F@MBentdhbs Brithe ANEAEE dvalibst d¥ea teiRNSiRIoW and a G.718 analysis

window, it should be noted that an abscissa 510 describes a time in terms of time domain

N BStweet] a Sine Wit

20  samples having sample indices between 0 and 400, and that an ordinate 512 describes the

window values (which may, for example, be normalized window values).

As can be seen in Fig. 5, the G.718 analysis window, which is represented by a solid line
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. 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 samples 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. It 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 analysis window. Accordingly, the time-domain-to-frequency-domain
conversion can be started before all 400 samples of the frame are available. Rather, it is



35 domai n node, and which extends from sanples 200 to 599, is designated
with 1132. A third audio frame, which is encoded in the ACELP node, extends
from audiwozanpl4ers400 to 799 and is designated with 11#21/E2610/064783 audi o
frame, which is also encoded in the AGELP node, extends from sanples 600 to
999 and is designated with 1152. A fifth audio WD

2011/ 048118PCT/ EP2010/ 065753 45 franme, which extends from audi o sanpl es 800
to 1199, shﬁioﬁmcddmdst) mambhs foff aleséuorank gt cmalyncdriidec aind avaladkesingndéred swdrt h

1162. A d in the transform domai n node,
and whi Cﬁfl@(ﬁ\{ﬂ ggla r'tc?m gné"ha&ﬁal 1I?\IlIeg%glI?to 1399, is designated with 1172.
g

5 As can be seen, the audio sarrpl es of the first audio frane 1122 are

wi ndowed Aigd gk @syﬁrﬂ&tﬁc élﬂlgk ¥R anBSIQVEIz@) 1%9mh‘6’8h1$>hsé§%)ﬁ ovieRho&XIMRb L5 24
|dent|cal to the G 71 | ysis w ndow 520 shown in Fig. 5. Simlarly, the

audi 0° sanpHEkinthe feft évm“hh%%ﬁﬁw%l)adapteti rfe,-f %&*éﬁalam&ﬂnal Ieﬁ%?é‘uitl@lzma%

wi ndoved aygiongnahénceddrldhdnagnes decodknsiovesiihg@haiwhi ch 10 conprises a
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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 current 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
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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  wvalues) 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
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15  the forward aliasing cancellation window 1070, 1072 is just an illustration and does not
reflect the correct values. For symmetric windows (such as sine windows) this technique is

similar, or even identical to, a technique which is also used in the MPEG unified-speech-
and-audio coding (USAC).

20 3.3. Windowing of Mode Transitions — First Option

In the following, a first option for a transition between audio frames encoded in the
transform-domain 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 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



the transition fromthe ACELP node to the transform domain node. Fig. 13
shows a graphic representation of the second option for | ow del ay

uni f i ed- sweaohr048nd- audi o codi ng. Fig. 13 shows a graphircTEepsesesysat i on of
a sequence of G 718 analysis 20 wi ndows (solid line), ACELP (line marked

w th squares) and forward aliasing cancellation (dotted |line). Forward
aliasing cancellation is used only for the transition fromthe transform
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is encoded in the transform domain node, a second audio frame 1332 is 30

encodéd in the transform domain node, a third audio frane 1342 is encoded
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20 700 and 900 are encoded in the 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 to 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.
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Accordingly, thereTs no all asi ng at romt LP node to
t he trangpdemigishelicadedbde. However, a dedicat ed wi ndow type, nanely the
dedi cated transition anal ysis w ndow 1360, must be applied. 5Taki ng
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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 in 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 line), 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.



t he encodi ng concept discussed with reference to Fig. 13. Fig. 14 shows a
graphic representation of a sequence for the synthesis corresponding to the
anal ysi s wocordisggsto Fig. 13. In other words, Fig. 14 showp@omssphi c
representation of the 10 sequence of gynthesis w ndows, which nmay be used
in an audi o signal decoder 300 according to Fig. 3. An abscissa 1410
describes a tine in terns of audio sanples and an ordinate 1412 descri bes
normal i zed wi ndow val ues. A first audio frame 1422 is encoded in the
transform domai n node and decoded using a G 718 synthesis w ndow 1420, a
second audio franme 1432 is encoded in the transform domai n node and decoded
usi ng a GiFg18 shews yigrdpded repigserddioniof 3¢eqeenchiferdhasditlocsisrcammsspgonding te temcoded
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node and Fdegoded using a dedicated transition synthesis w ndow 1460, and a
sixth audio frame 1472 is encoded in the transform domai n node and 20
decoded using a G 718 synthesis wi ndow 1470. It should be noted that the
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52 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



Moreover, it should be noted that, in addition to the left-sided zero
portion (sanples 800 to 899), the dedicated transition synthesis w ndow
1460 conpwb2esi/|@siieft-si ded constant portion (sanples 900TIEP289955753 N whi ch
t he wi ndow val ues take the center w ndgw value 5 (for exanple, of one).
Accordingly, aliasing artifacts are avoi ded or at |east reduced, in the
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is used for the left side of the tranS|t|on w ndow 1360 to the transform

codi ng m¥9BRIE; g 14 shows a graphic representation of a sequence for the
synt B@sis corresponding to the analysis of Fig. 13. 35 3.5.Di scussion of
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12) has the advanta ane w good frequency response
is used @Bgloafrqtm%|lggy(éayoq:hetlﬁgE{JPab@m@r 0. In addltlon 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  .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 1252 are
overlapped-and-added with audio samples provided by the transform domain path for the
fifth audio frame 1262.
35
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



5codi ng. However, the disadvantage is that additional data (for exanple,
the forward aliasing cancellation information) has to be coded for the FAC
part. Theweeopmdsapti on has the advantage that no addit ipomalP2eiaioss7ss
required for the forward aliasing cangellation (FAC) in the transition from
ACELP to the transformcoder. This is 10 especially an advantage if a
constant bitrate is required. However, the disadvantage is that the
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15 Flgs 13 and 14 is different from the windowing scheme according to the Figs. 11 and 12 at

the transition from the ACELP mode to the transform domain mode.

Fig. 13 shows a graphic representation of the second option for low-delay unified-speech-
and-audio coding. Fig. 13 shows a graphic representation of a sequence of G.718 analysis

20  windows (solid line), ACELP (line marked with squares) and forward aliasing cancellation
(dotted line).

Forward aliasing cancellation is used only for the transition from the transform 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  encoded 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
is encoded in the transform domain mode and a sixth audio frame 1372 is also encoded in

the transform domain mode.

35 It 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



WO 2011/ 048118PCT/ EP2010/ 065753 54 It should be noted that the concept
described in the follow ng may be used in the audio signal encoder 100
accor di ngwvbeofiigs11s and/ or in the audio signal decoder 20®/EReciOnEEi78gy t O
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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, is 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 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 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) are 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).



4.3. Reference Exanple 2: MPEG 4 Enhanced Low- Del ay AAC (AAC-ELD) 35 The
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30 The AdCeddcDusindeds.al$ Mh@lsh@m{dd‘&llay&f or communi cation applications, but

for speech signals coded at low bit rates the perfornmance of this codec

| ags behi nd that of dedicated speech codecs éf or exanple, AVMR-WB), which
al so has It shwulibbayoted that the decoding of the first audio 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 values, 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 (i.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.



In view of this situation, it has been found that it would therefore be
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t he nost wbdfwroim@etiscodi ng node avail abl e for both speeclrcamb00®55758i gnal s.
It has also been found that this swi tghing should ideally not add any
additional delay to the system WD 2011/048118PCT/ EP2010/ 065753 56 It has
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details on the an W ndow e d scr urther explain 35

the. sequaHEBeDt Nty L0 HhaB R iggo BorERoil hdic Bt Syl B s

w ndaw sead m&bmprlse 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
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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 is 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.



transition fromtime-domain codec to AAC-ELD (solid line) conpared to the
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ordi nate 2162 describes (normalized) wyndow val ues. For the sequence of an
analysis windows in Fig. 20 it should further be noted that all the 35
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W ndows 3220a, 2220b preceding the transition wi ndow 2220c, which are

visible rirght of the nonzero part of the transition w ndow 2220c, actually
do not contribute to the output signal. In

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-

A=11G-0

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 illustrated 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 is extended to a factor of four, instead of a factor of two for the



30a practical inplenentation, this is achieved by zeroing the output of
these windows right to the non-zero part of the transition w ndow 2220c.
When swi twbi2opg/daenk fromthe time-domain codec to AAC- ERDr/preoispesrsal

wi ndows are required. The normal AAC-BksD synthesis wi ndow 2220e can be used
right fromthe 35 beginning of the AAC ELD coded signal portion. WO
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wei ghting function enployed in Figs. 19, 20 and 22. It can further be seen
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4.4,  Discussion 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 transition 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  Dbetween 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.



In the follow ng, some details regarding the tine-domain aliasing wll be
described. In the transitions to the tine-donmain codec and back to the
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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
abscissa 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
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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 line 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, 2020d, 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 2020c. Although these window

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



25 Fig. 25 also shows an alternative for the framng of the tinme-domain
codec. In the tinme-domain codec, all frames can have the sane | ength,
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alternative is to replace the windowed transition fromthe tinme-domain
codec to AAC-ELD (lines 2542, 2552, 2562, 2572) by a rectangul ar
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usi ng> Wi 294 1fodawingg pietailspop 190tESP5 ¥ B WARR- Wil ba sdespiabed; | Ths. gyrBess
codec”, tilhowiaR mk$OobdTRAE tihatheaddds @RoACEIRCHb@IMRLOVE! Borl $henQyithERet
transition giro.m A&E;%tg AAC- ELD, but.,.there is a}lvvaés a Ti:X fra in

bet ween. YRTHS Wy -~ 2 "PBt Parfesponsiing SeflF el é?f} SHUEED QWélfg“Saécﬁof% c
transiti eimd-velsedriveratoadofathd danhlysishwindowingt b Has tatideddyy asnssdeadtionast t he
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an efficient swtching D in case of speech-like signals is
morelBf ficient than switching from AAG-ELD to ACELP, as both ACELP and TCX
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15  In Fig. 22, an abscissa 2210 describes a time in terms of audio samples, and an ordinate
2212 describes window values. Fig. 22 shows LD-MDCT synthesis windows 2220a to
2220¢, a weighting 2240 for a time-domain coded signal and a weighting 2250a, 22500 for

time-domain aliasing of time-domain signal.

20  Before switching from AAC-ELD to the time-domain codec, 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 synthesis window (for example, of the synthesis windows
(2220a, 2220b, 2220d, 2220¢), 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 2220c, actually do not contribute 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 special windows are
required. The normal AAC-ELD synthesis window 2220¢ 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 2220c, 2320 for a transition

from AAC-ELD to time-domain codec. In Fig. 23a, an abscissa 2310 describes a time in



15 feeding the time-domain codec with TDA signals and thereby achieving
critical sanpling. In Fig. 26, an abscissa 2610 describes a tine in terns
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4. 9. O hewvaltks.er nati ves WO 2011/048118PCT/EP2010/065753 63 For the USAC
codec currently under developnment at MPEG an effort on unification of the
AAC and TCX part is ongoing. This unification is based on the techni ques of
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Modi fi catcPaagonds to the welghtmg fl.lIlCthIl employed 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=512, 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




Regardi ng the above-descri bed enbodi ments, it should be noted that a numnber
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post - processing steps may be introduced at the input of the processing

bl ocks d o] | h descri bed
above.wi Thast olosy R R eI R Rt O B RS S s ReREe KT r Y.

ot her nodifications may al so be 25 nade. 6 | npl enent ati on Alternatives

Al t hough fwnjgn §1e§&t1§om\tﬁe st?ﬁyrtlsdfeaﬁéﬂc@w Fidl 2bhgd apnd ﬁtesefse nBPRAEBL US,

it is clear t hese aspects al.so represent a déscrip n of th

cor r edponrd |Hg°aﬁéteh%?6n thethe trénﬁtl% WVIBﬁiOV&Pe%ec@t@é?‘%té’sb@ﬁd%Veﬁ? P ol st ep
or ? f?ate?étﬁ ofher. aTH&E}h@l‘i%sﬁ;t @ﬂlmtﬁiﬂa{)vﬁﬁl@;’l@a}fe a8 I@ﬁ@cf(tl?y ﬁtﬁ@?é\ieb&d ¢0TB1@1|fBeof

cont ex or .a represen a on or a corr 0 in

o ock or eiEeEr TRE TR Sr R oGy BETR R Bk P e NeprkeopAEARR I e

net hod steplgsisasanbicorxendowdFy Ile). Bethny) the haalgviaraed dpparatyshesis, kiee f or

exanpl e, | f‘}%r% CI ORI %eagsfhre’ sRord? Qér%h?%ﬁheb@’g&}%'ﬂ{bﬁé a% @&118' BT GRS

circuit. one e i ments, Sone one or ortan?éneth d
st ep30 mayndsecndeatiyit Bewenersthen argrehappainahigsvay (@pshown in Flgs 20 and 22) due to

2011/ 048%@@6‘?@ 4&5’@&101‘@%&15& SdpdiaR bRVERY | e ehGededitRusHe &otedl medn be

stored O@gﬁ 9|tal stora diumor can be transmtted on a transm ssion
medi um s (&fergdhaas fplotggdda & nsmi ssion nediumor a wired transm ssion
nediuntsuch as the Internet 5 Depending on certain inplenentation
reqU|re nbodlnen s of tﬁ Etg qﬁl ) fd

in so Oﬁ?e i écnléerli’{%t{i% Ot 2h BB et%ltorlr%e& stfaﬁlél %Snoﬁv P%{F 1ior age

nedl U fvondcezx antpieeca sWitdppy bdivekn AAOM,D ainBIttme RarpainacoGEy. la RQMM,aaIPROVI
an EPROVIab?é‘ssF@BWXEé% ibfy £lrHn e C?{f aliRy 's%l@é SRl iR Rkt &4??%@5}%&

control S|gna S store ereon coopera or are ca

cooper at i¥igjovnivelies Fig %ﬂrﬁwrﬁﬁ E doHgltstsy wigkl @Wéﬁf‘%(t?cn %‘&9@ LRMDCT

respecti %?ntﬁ@sﬁi‘%doﬁm@%@@fd%% T.Jn@é ehene2440'®r @h&tdcﬁhalﬁt@d@%gmﬂm nmay
e |l nven |on (oX0) ri se

R s SR I D R R L
capabbe otgaedingdrcdincngpasi teferenctSs prdgnadneEbiadadgit2dr system such t hat
one of the methods described herein is perforned.
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 to 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.



General ly, enbodi nents of the present invention can be inplenented as a
conput er program product with a program code, the program code being
oper at i vewbaniimasfier m ng 20 one of the met hods when t hepcompré@nesOgr am
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Fig. 25 shows a graphic representation of the alternative 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



In sonme enbodi nents, a programmabl e | ogic device (for exanple a field
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to performone of the nethods described herein. Generally, the nethods are
preferably perfornmed by any hardware apparatus. The above descri bed

enbodi nemtMRawsthey they tinkd-dishaiatcodes™f dris thealgo inianpha&safad anh&CBLRSemtc 25
inventio [ Syq: E00d { ! LPRS atl .
arr angemtie S L RRR GRS fACERE I ARCLLLRS e MU BLLLIRCR 5388
skill ed ibatwdge. & tthis| way.sat prdentiad eaditionhle defapr dye to thie $ncpiflicettamsition by t he

scope of cfihgndiPaRdi B9 WRSIENYysChPhT® 2Blaols BYall N8 @Pe&lfy Grdehaltep.

presente escrlgltsi on and expl anatjon of the enbodi nents herein.

d by way of .d | ar t
WO 2021/ @M_YE?L@M/ o melbesos 78gtehpeanarsrienibln 2838 dhisicghavitdies dack to100)
for provigdiOFIa i eese @€ dpdcehiRs 8iphallii9motcl difkicaf thaf switching frondUN@ECONt ent

on the basi fo an. i np, r tiaq 110 f..the audio content, the
Saudt o o AR ot AR PAFRER Bietin it b GiRe pat n_(120) conf i gur ed
to obtain a set of spectral coefficients (124) and noi se-shapi ng
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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 is 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.
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if the current portion of the audio content is followed bé a subsequent
portion &¥fgtengad gbewndesaribedy cpbodimaidedit i Hhotlde bemgtedrghe, 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 introduced at the input of the processing blocks

described above and also between the processing blocks described above without

modifying the general concept of the invention. Naturally, other modifications may also be
25  made.

6. Implementation Alternatives

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.



15 3. The audi o signal encoder (100) according to claim1 or claim 2,
wherein the predeterm ned asymmetric anal ysis wi ndow (520, 1130, 1330)
conpri seswe 2beftssmgndow hal f and a right w ndow hal f, 2@g¢haresmwotdres | ef t

wi ndow hal f conprises a left-sided trgasition slope (522), in which the

wi ndow val ues nonotonically increase fromzero to a wi ndow center val ue,
and an overshoot portion (524) in which the wi ndow val ues are | arger than

t he wi nddedavdneive cataded andiol signihiced bt beored onlavdigitatprirsgsmadinaxoncem §524a) |,

and ZSMSI&?&IHltteQ%n srn\Aﬂs{Bql d%ﬂ’ Jﬂﬁ#{ such'IRY 'v§ eﬁes% thal %}ss %hqﬁe%lﬁm rllsdl &1{%

sl ope (5 ues nDno oni ca ecrease rom
mﬁndom/céwnﬁnwvanu@dumnmémawt@hhu%mﬁught sided zero portion (530). 4. The
audi o signal encoder (100) according to claim3, wherein the |left w ndow
hal f 30conprises no nore than one percent of zerg w ndow val ues, and

wher ePn (HECRIIEHON SPHEA PRI PEION SFAY TN S BRPPIIgIaisT| Bh GvRniggn gan lpf‘east
20% of t h@pnitdey M&{alﬂ@ﬁarﬁfortlﬁ%oftwgfﬂ "I\hb Venhldtion 3k . bE rﬁi#ﬁllb@ uSing

Froht i Ss%ﬁ‘i srscghedia’ frSadodleh fiarbauimp by saufylper &}5@@%05 e
snal | er tPROMY he_EHRrWyvandErﬁkaMad)I}Je,Fls&ﬁh nicnadry t l_ue/n@ elscmmncnlkyrﬁhdubﬂe
. . et er S Si s
o ndow Deroy 4R ES oy it Rt EHER T TRNAE (AOEELEND B08
( 10010 ac psegtemaabls compust sybtamnsich thay tge ropprstise m@éhwolﬁzl:@r%rrp@i thhsrefere, t he

pr edet er ThOGFitASYIIERL tbduRNAhYSd Sonh1lQadadR0) is shorter, at least by 10%
than a frame length. 7. The audi o signal encoder (100) accordlng to one of

claims 1 to 6, wherein the audio signal encoder is configured such that
subsequersionf20renitedindntsl 22,cddi3; 1td62hel 1idRentbd2 Zokpdide 4 3Ga 13Zkr Ohavikye

audi o Comiec romce%l %ea?&a%?d%%n{r& t51 naf r anﬁlcﬁr g%ed%gaab[i'e of cooperating with a
y g p p g
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
having a program code for performing one of the methods described herein, when the

computer program runs on a computer.

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



node conprise a tenporal overlap of at |east 40% and wherein the audio
signal encoder is configured such that a current portion (1132;1332) of the
audi o conwvenvittiastaie encoded in the transform domai n nodecamb2@ossdysequent
portion (1142;1342) of the audio contegst to be encoded in the code-excited
| i near - prediction-domai n node conprise a tenporal overlap; and 15 wherein
the audi o signal encoder is configured to selectively provide the aliasing
cancel | athierein. i THeodat@ btreum (1 ) seqﬁd:m:b df sadnatsheay forasiamplcbn celdfigtédm be
|nfornat| f Lon signal (364)
for cance '%?Sr\fgllrg(ﬁ&%mdr%&a @OHE&?XIC% 08{560?1 rg n’ﬁtlor ?j Anﬁﬁ? g%n[ﬁg Atgtrrh ion (1232) of
the audi o content encoded in the 20transform donmain node to a portion
(1242) ofs tfﬁﬁh&”&h@o&ﬁ@ﬂte%mﬁn&gdﬁ%rdd%ssﬁﬁ? i RAGa AN GRS oA
decoder (300). 8, The. audi.o signal encoder ( Od% according to one of clains
1 to 7, WReFenmablselogifafevies. g%?&ﬁg%fﬁédﬂe?r rdapgsint genferan 8¢ | Bt mgthgindow
(1130; 133Qycribed héreid. ndowi ng of a 25 current portion (1132;1332) of the
audi o content independent froma node which is used for an encoding of a
subsequent portion (1142;1342) of the audio content which overl aps

t enpor al |4 fuithdr tinboditenerdmposdsi @ncomfiputdre haunlg angaidde tereonutie tdaputthe

w ndowed 6 t urrent portion of the

audi o cor?%%g{nﬁ géﬁps \ﬁ(%ﬁ%gm%u%?gégig%mg%erdt@geﬁﬁ( 1142;1342) of the audio
cont éft even if 30the subsequent portion of the audio content is encoded in

the CELP Avggiencranshotfiffi chbligh ARt SiveRddn @&ﬁ%‘&% dnSafARth QBF ‘ﬁdsi/'s
provi de, in_response to detectjon that. the sul %ﬁﬁggnt portion ( %2 1342)

of the agapdewehieFensfer (frissampicogleqtronically gippmsi a cgpyier REekyn for
cancel | atpbﬁnrmmgoan%%ﬂ e ittd)s Wabeided herdpriesendceivat.i Aisd AgecBanaglyl, bt on

si gnal en woul d represent ed a transform donmai n node
enr esentaPnOn Bt * CREPUhobaURaF S5ORE PR ERadiG. o) AEInd T AR TR one
WO 2011/ G48a8RGTfERP20hMIH)EDHPBSES e séine faudihosfsirigadhe esropaer progGd) to
accordi ngud o .gpg of claims 1 to 8, wherein the tine-

domai n-t o-frequency-domai n converter (130; 221, 222; 263, 264; 283, 284) is
configured to apply the predeterm ned asynnetrlc anaIyS|s w ndow (520; 1160)

for a w ngQymeEntodan&iy, rLplogR@irhae 1dgld GeYic®{ fot RRaBpIEI OficlANEHamintbiREe

n n th
encoded Ig tet ar?ay) 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.



5 transform domain node and follow ng a portion (1152) of the audi o content
encoded in the CELP node, such that a wi ndowed representation (22la; 263a;
283a) of wbeoowusast portion (1162) of the audi o cont entctreEprbeopssresied i n
the transform domai n node tenporally @g¢erl aps with the previous portion
(1152) of the audio content encoded in the CELP node, and 10 such that
portions (1122,1132,1162,1172) of the audio content to be encoded in the
transform domai n node are w ndowed udilmigns he sanme predeterm ned asymetric
anal ysi s wi ndow (520, 1120, 1130, 1160, 1170) independent froma node in which
a previous portion of the audio content is encoded and independent froma
nmode in 15whi dn audsupiged]capedep 6FQl) dor mTDthm aueicodebrepenentitsone(ld dtellan 10.

The audi o si 9nakicoRBRRASH (h%‘i’)géls %?5195 é%e&tht% 190) W%%h&lotéaﬁteﬁy%é)
signal encoder 1 s configured to sele y prov e an al i asi ng

cancefl ati on PRHEigSHRA %W0@%6@¥mpﬂnghe current portion (1162) of the audio
content follows a previous portion 20(1152) of the audio content encoded in

t he CELP d 11. .Th di 0

i 1 o 6 GlsPEmeeh frfelolhe ISR w0t £ S woleterl 5 ao.
221, 222; 263, ZBM) 288, 8%}y shiaging onfforgnatied €@ 6aped ytha dsdi odt edtimsydomeir i ¢

t iti

or det er mi ned SR amalte P2 of d BBkion (k& bu S 1h B Mbogbf i pidfistorm-

wi ndéi ng of dOQBKM@ﬁ¢3portron (1362) of the audio content to be encoded in

the transform domai n node and followi ng a portion (1352) of the audio
content encoded i udi o si gnal oder, a cor i ng

301 en
to one of claPhe %a% gheﬂpec%]e?%%ﬁc@fﬁ%%é%‘g daeé%khet%ape“mm Ofa no1se- S ape

| i near - pr edi ClveBondQDR; 26PALEVa) IR patihiorftdd0) is an

al gebr ai c- codeexcited-1inear-prediction-domain path configured to obtain an
al gebraic code-excitation information (144) and a |inear-prediction-donmain

par ad®t er i nf evhestin the t(ab4®ymedonane pith il 20; 0022 3b 260 peongiriseh e timedd@naont ent

(CeLp ﬁBSS?e" B SR R PR P Ry R sy R be  ShaRe AORRLD Coer
(300) for pro@PERigeRresREEpad22e P8dRMIahe YHliq oIEgntaIr apreeRcsscdostsitt on

the basis of g 760N ARARK, hafifs aialbad fepidinttfior (1212063L26Nbe e audite
audi o signal de risin 5a transform donain ath 320; 400; 430; 460)

coder
configured toC BHfY; A "?rrﬁmo Fromanisiog é%cmea%sr Wﬂrlgf@nxef 0441 JFBY bf a
port2on (1222sdt23P spbia] Ld&Ficichd? 222D43B44:484) 1401a) thef wiriewad diidc-cloniagnt

oot 1 i ent s TR0 THAG TR ARG AR % nani ng  nf or mat i on' (324 414:
444; 474) ;
an code-excited linear-prediction-domain path (CELP path) (140) configured to
obtain an code-excitation information (144) and a linear-prediction-domain
25 parameter information (146) on the basis of a portion of the audio content to be

encoded in an code-excited linear-prediction-domain mode (CELP mode);

wherein the time-domain-to-frequency-domain converter (130; 221,222; 263,264;
283,284) is configured to apply a predetermined asymmetric analysis window
30 (520;1130;1330) for a windowing of a current portion (1132; 1332) of the audio
content to be encoded in the transform-domain mode and following a portion
(1122;1322) 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
(1142;1342) of the audio content to be encoded in the transform-domain mode and
35 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



10 wherein the transform domain path conprises a

frequency-domai n-to-time-domai n converter (330;423,424; 451, 452; 484, 485)
conf i gur estot2011a@pity a frequency-domai nt o-ti me-domai n comgeEre@n/063¥28; 451;
484) and a wi ndow ng (424; 452; 485), tgyderive a w ndowed ti ne-domain
representation (424a;452a;485a) of the audio 15content fromthe set of
spectral coefficients or froma pre-processed version thereof; an

code- excited khoss thy adiie tsignak elmﬂémisp&hﬁgl(lraé(i@o scleotiveay m&dzida)arolatiaadiﬁg a

Li e domai n LSRCASEN AhRdoF Bhapl WS calh GpaRl ShELEnaded 4o Al

code-excited IThear- of an
code- exci t at i 6ANtRMA] lﬁfqiiqvmdl yna elﬂmgqueahploraon i(hiegs 1392 paf &lmaodlod@nmhto be

paramet er i nf QpaRkl AT medd Wherein the
frequency-donmai n-to-ti me-domai n converter is configured to apply a

predeferni ned asymmetric synthesis wi ndow (620; 1230; 1430) for a wi ndowi ng
of a curpent gbetaugio sﬁgx%BBmcbﬂaﬁalooj adddedingl @) Olak@nt @RtrefNGOdREE-dmiiRgo-

A IR St 2 LR R RN o oc R,

portion of theviedoy 0521bﬁ89ﬂ830)sfdrcal windedidgyofa surbamqpuﬂrmm (P032;1332) (X 2H2;

1442) of the ahgl, o, ‘Péhttet'atb@%‘ﬁ 6’% nntﬁehﬁf]fﬁﬁﬁ 38{51% v ad&”?cﬂ%o%lﬂgaf the
on 0 y a su tio

current portion of t e audio ¢ sequen n of

the aldi o conterviousmestied 1i172; ﬂh?e?)@ELfF@ meonéﬂme@@dﬂﬁm@pﬁran%m@@n@nsu gnal

decoder (300)rmﬁbC&HBhEHkQﬂnkﬁtﬁﬁh@&bfﬁ%ﬂ%@Rf&ﬂﬁ&ﬁ1@ﬂﬂ@hké§bﬂ9aﬁﬁ&?ﬁhiat'0”
signal (364) on can eIIaH#Pn i nfor ion (362) if

ali as
the current p@P’Et}OBn(lggzstlﬁ‘éﬁa‘lfdg% audiQr CHFeNE e Sasdce dtlﬁet £ RSP ORI n
node i s fol | owedchndaf siubagtpme portjpardfithe agdiotddatcau i Plloadd dpta dhsepeded in

he CELP d 11/ 4811 P201 14, Th di |
Hocodar ( 300y PEER AR %91%'1%{01 CeRnd P BElP ode, The audio signa

fregdéncydomai n-t o- tlne dormai n converter (330;423,424; 451, 452; 484, 485) is

configured to a ( 3 ) 8] n a
current gort i gﬁg(pil%ié& '3&111313%% \&’I?P@ﬁ)g) aa%(lqg%o%t é%th elncog e%n% %Heﬁg L
transform dor'r@ﬁ}ﬁieméle mgymmetric analysis window (520, 1130,1330) cornprlses a left

window half and a right window half,

20 wherein the left window half comprises a left-sided transition slope (522), in which
the window values monotonically increase from zero to a window center value, and
an overshoot portion (524) in which the window values are larger than the window

center value and in which the window comprises a maximum (524a), and

25 wherein the right window half comprises a right-sided transition slope (528) in
which the window values monotonically decrease from the window center value to

zero, and a right-sided zero portion (530).

4. The audio signal encoder (100) according to claim 3, wherein the left window half

30 comprises no more than one percent of zero window values, and

wherein the right-sided zero portion (530) comprises a length of at least 20% of the

window values of the right window half.

35 5. The audio signal encoder (100) according to claim 3 or 4, wherein the window
values of the right window half of the predetermined asymmetric analysis window
(520) 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.



5 following a previous portion (1222;1422) of the audio content encoded in
the transform domain node both if the current portion (1232;1432) of the
audi o convenbiiimsfiel | oned by a subsequent portion (1242pctAd2)1006s76he audi o
content encoded in the transform domaigg node and if the current portion of
the audio content is followed by a subsequent portion of the audi o content
encoded in the 10CELP node. 15. The audi o signal decoder (300) according to
claim13 or claim 14, wherein the predeterm' ned asymretric synthesis vvi ndow

(620; 123% 1433%1? QIR i d§ é\/edffu ﬁ(fodglt {;rp‘ﬁ} ggco\fvdlﬂ ﬁg'gf @lﬁgﬂlgli'tto\@ \x%g%nb?

wherein the | Ses zero port

a left-sided 1Z¢1@r1mrt1¢mnf ticgpedefdmned asmnmtmmandhjemwmiow aﬂhésshorter at
monot oni cal | yléagpg}eﬁ@g thiP 6481 Qe @ W ndow center val ue; and 20wherein

t he right wi ndow hal f conprises an overshoot portion (628) in which the

wi ndow val ues are |ar ger than the w ndow center value and in which the

Wi ndow canpri 988 addidBkindUEAcOEAA)0) a@B&dalgrtb@h@ oStldik 1 food)Sitcran tigd Ak (630)

val e to 22?()%%%&%@%%%“@38? e By AT AL L e 555!
wherein the | d822,$330ed3ak1372Pof theandiotdd)ent wnipr dinsededan |tengasfam- dxtmalmn_ast
20% of the wi nlow KaLHES, Rluldh oElidy ¥ RIOW i3 fangand wherein the

ri ght w ndow rises no nore an one percent of zero wi ndow
30vallfles. 17. The audi o signal decoder (300) according to claim 15 or claim

L "oy ARl Aalsapydl, At ot quGeN Kok, g Bipdain ne
I C sy

smal | er than ?i@iﬁamﬁ“ %s@éﬁlpec@n%ﬁar fpebe aifepe wat%ietﬂﬁgsrfl éowamo% %mf’ot
portion in tha dubfdquytipdenerhal#2a842)hef the adéibaionicnet B ynovatd i€ tiryddidbesi s

w ndow. VO 2%%&46%1%%&1%@% g)nz-gor(r)lé%%o?(?e?’coznzprlse a temporal overlap; and

15
wherein the audio signal encoder is configured to selectively provide the aliasing
cancellation information (164), such that the aliasing cancellation information
allows for a provision of an aliasing cancellation signal (364) for canceling aliasing
artifacts at a transition from a portion (1232) of the audio content encoded in the
20 transform domain mode to a portion (1242) of the audio content encoded in the
CELP mode in an audio signal decoder (300).

8. The audio signal encoder (100) according to one of claims 1 to 7, wherein the audio
signal encoder is configured to select a window (1130;1330) for a windowing of a

25 current portion (1132;1332) of the audio content independent from a mode which is
used for an encoding of a subsequent portion (1142;1342) of the audio content

which overlaps temporally with the current portion of the audio content, such that

the windowed representation (221a;263a;283a) of the current portion of the audio

content overlaps with a subsequent portion (1142;1342) of the audio content even if

30 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
detection that the subsequent portion (1142;1342) of the audio content is to be
encoded in an CELP mode, an aliasing cancellation information (164) which
35 represents aliasing cancellation signal components which would be represented by a
transform-domain mode representation of the subsequent portion (1142;1342) of

the audio content.



18. The audi o signal decoder according to one of clains 13 to 17, wherein a
non-zero portion of the predeterm ned asymmetric synthesis w ndow (620;
1220, 1230w d260;04428, 1430, 1470) is shorter, at |east by POYgEPR@NGcESS I ane

| engt h. 519. The audi o signal decoder (00) according to one of clainms 13 to
18, wherein the audi o signal decoder is configured such that subsequent
portions (1222, 1232, 1262, 1272; 1422, 1432, 1462, 1472) of the audio

cont ent @ncodéﬁebn&bh&ymransﬂeﬂnﬂmnnﬁmﬂﬁ@ud©neoﬁphhﬁela>$eWﬁmﬁaMKmmﬁelap of

that *a cur r enCORAIERAREEA A58 Wfe Ry 03, F8P00EE 2B AR T 2D HE"
transform domomﬁgm@btoeamlsatmlm@i@@pmmedmymmmq arpdyais windoy (620:d hed)dodi o

cont ent e“COd%%hHoMﬁg M&rﬁeﬁ?b&r@i@n' !f&?rof@t{eeﬂla% b&ﬁerﬁqg%'e%ne&{éﬁ iRQRPri se
a tenporal overI%p 15wherelin_ t e audi o signal decoder is confléured to

sel ecPively pitigls alént%énaam.ra%denan%afﬁ%wmat%dwrfgqrg.ﬁbll52e37é45heowdw1éoa 8t s of
the aliasing eagmel ithc@ELModfBLEDMal ﬁ@ﬁdow&deéprbmtanbﬂ@ﬂal 263afXR3a)

F et b bor ShARELPERORSSEn LRSS 8, BbLatplh fled dagat ! o
t ransf or m dondbomampohedt cberapcsallﬂbs egerdaps vpidr theoprewvious ipertandildSZoof tetavdicoded
in the CELP Z%SBg@hng&kﬁnﬁﬁ% ngﬁk%E%hddeCOder (300) according to one of

claims 13 to erern I 0 signal decoder is configured to select a
wi ndé® (1230; 1430) for a wi ndowing of a current portion (1232;1432) of the

audi o cont ent shAo@REsERMs (112 BATPGE, 1492 )\6F B8 abi o ¥eREnT BbcARENEIFIRY Of a
subsequent portl%g (1242; 144%) of the a nt ent, ich overlaps

C .
tenporal Iy wi {T4n% e dgPREhmoge g Wﬁld(ow 215%3%’ sgpe e etapingd ASWIEKLTIC such
that the w ndawsdsis epidse 32811100, 1(1@(2,4196045127@) 48pgndeht frhﬁl Lhhod e i wmwhta on of

the audi o content overla 8 portion .t
nudi o cont ent PEga P LS e Bfbaeteabi ki Sh BT ER b artfof i
30endbded i n techCEBsemdat panoh ahthe eidiotchetenaiudicacasiednal decoder (300) is
configured to provide, in response to a detection that the subsequent
portion of the audio content is encoded in the CELP node, an aliasing
cancel | atllon dihgradiop signyl ensodurdUel) apcosdingdp dimali mgewmsin fheagudio atgnal 35

transition fremddee 1§3 U(Sﬂf%ﬁ?edp@)r §d1@Rivel 23@vibd 34) alfkinkh@nasIdkien GR1LMAGon

encoded in th or m donali t he subsequ ortion (1242; 1442
of the. audi o CHH ahihcauBsHapith { 2R il comett T presou Fordon
20 (1152) of the audio content encoded in the CELP mode.

11.  The audio signal encoder (100) according to one of claims 1 to 8, wherein the time-
domain-to-frequency-domain converter (130; 221,222; 263,264; 283,284) is
configured to apply a dedicated asymmetric transition analysis window (1360),
25 which is different from the predetermined asymmetric analysis window
520;1320,1330,1370), for a windowing of a current portion (1362) of the audio
content to be encoded in the transform domain mode and following a portion

(1352) 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) (140) is an algebraic-code-
excited-linear-prediction-domain path configured to obtain an algebraic code-
excitation information (144) and a linear-prediction-domain parameter information
(146) on the basis of a portion of the audio content to be encoded in an algebraic-

35 code-excited linear-prediction-domain mode (CELP mode).



WO 2011/ 048118PCT/ EP2010/ 065753 73 21. The audi o signal decoder (300)
according to one of clains 13 to 20, wherein the

f requencywoaomigastie-t i me- domai n converter (330; 423, 424pctEP26i5D557484, 485)
is configured to apply the predeterm rpgd asymmetric synthesis w ndow (620;
1230; 1430) for a windowing of a current portion (1262;1462) of the audio 5
content to be encoded in the transform domai n node and foll ow ng a previous
portion (13252;AM&i)io signilndecaduti(80@)ofot prividing adiedodad riehesdifEtdnn@d2) ofSarch
that port!ons fdgand s dEALISIEN RlodclFoRUdhOLERDS ARLEANCARES bt
transform domai h node are W ndowed using the sanme predeterm ned asynmetric
synt hesi s wi ndlswuderogna de@dep@anddez: 1270) i ndependent from a node in

whi ch a previous 10portion of the audio content is encoded and i ndependent
froma node in which a subsequent portion of the audio content is encoded,

and sdch t hat 24 aeetaman pethaGRI90 8 BrER b rendigussd raobiain atime-domyny  of

thg crrrent Iolqaéﬁrmﬁtaat)nthezzay?%gat4ﬁgn6)entgien@pdq§br@idshth%lzz,a?%gzm?cmﬁi n

node tenpora V.e S e..previ ous rfi1o ; . 0 e

Todi o cont ent 1SEIREAARY b AuReStsS EeRicd e b gRin SR8hinTaedd So0)

accordi ng to ohadherbdis ofwhet ef spdcirel anediii@ergs (Pat41aekcdddéR) asl € oofse-ghapad t o

sel ectively p%ﬂ%hﬂﬁk%ﬂ3?&hﬂﬁhﬂ%4ﬁﬂgcellation signal (364) on 20 the basis
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encoded in the CELP node. 24. The audi o signal decoder according to one of
claims 13 to 23, wherein the code-excited |inear-prediction-domain path

(340) is an akfepferscicddincaxpicdisonidamaimppatli(é#Q)orengenisdio pltan dowhPyur ed
to obtain a tijBRuFORBicRetARNISM FthOMdiddtefencoded in an code-excited linear-
prediction-domain mode (CELP mode) on the basis of an code-excitation

20 information (342) and a linear-prediction-domain parameter information (344); and

wherein the frequency-domain-to-time-domain converter is configured to apply a
predetermined asymmetric synthesis window (620;1230;1430) for a windowing of
a current portion (1232;1432) of the audio content encoded in the transform-domain

25 mode and following a previous portion (1222;1422) 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 (1242;1442) 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 (300) 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 encoded in the
transform-domain mode is followed by a subsequent portion of the audio content

35 encoded in the CELP mode.
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35a transformdomai n node on the basis of a set of spectral coefficients
and a0noi se- wherein the right window half comprises an overshoot portion (628) in which the

window values are larger than the window center value and in which the window
comprises a maximum (628a), and a right-sided transition slope (630) in which the

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

25 16.  The audio signal decoder (300) according to claim 15, wherein the left-sided zero
portion (622) comprises a length of at least 20% of the window values of the left

window half, and

wherein the right window half comprises no more than one percent of zero window

30 values.

17.  The audio signal decoder (300) according to claim 15 or claim 16, wherein the
window values of the left window half of the predetermined asymmetric synthesis
window (620; 1220,1230,1260;1420,1430,1470) are smaller than the window

35 center value, such that there is no overshoot portion in the left window half of the

predetermined asymmetric synthesis window.
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program for performng a nethod according to claim25 or 26 when the
conpdfer progrdwrainrbe oandip segnglitdgeoder is configured such that a current portion

(1232;1432) of the audio content encoded in the transform-domain mode and a

subsequent portion (1242; 1442) of the audio content encoded in the code-excited

linear-prediction-domain mode comprise a temporal overlap; and

15 wherein the audio signal decoder is configured to selectively provide the aliasing
cancellation signal (364) on the basis of the aliasing cancellation information (362),
such that 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
20 mode.

20.  The audio signal decoder (300) according to one of claims 13 to 19, wherein the
audio signal decoder is configured to select a window (1230;1430) for a windowing
of a current portion (1232;1432) of the audio content independent from a mode

25 which is used for an encoding of a subsequent portion (1242;1442) of the audio
content, which overlaps temporally with the current portion (1232;1432) of the
audio content, such that the windowed representation (424a;452a;485a) of the
current portion of the audio content overlaps temporally with the subsequent
portion of the audio content even if the subsequent portion of the audio content is

30 encoded in the CELP mode; and

wherein the audio signal decoder (300) is configured to provide, in response to a
detection that the subsequent portion of the audio content is encoded in the CELP
mode, an aliasing cancellation signal (364) to reduce or cancel aliasing artifacts at a

35 transition from the current portion (1232;1432) of the audio content encoded in the
transform-domain mode to the subsequent portion (1242;1442) of the audio content
encoded in the CELP mode.
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The audio signal decoder (300) according to one of claims 13 to 20, wherein the
frequency-domain-to-time-domain converter (330; 423,424; 451,452; 484,485) is
configured to apply the predetermined asymmetric synthesis window
(620;1230;1430) for a windowing of a current portion (1262;1462) of the audio
content to be encoded in the transform-domain mode and following a previous
portion (1252;1452) of the audio content encoded in the CELP mode, such that
portions (1222;1232;1262;1272) of the audio content encoded in the transform-
domain mode are windowed using the same predetermined asymmetric synthesis
window (620; 1220,1230,1260,1270) 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, and

such that a windowed time-domain representation (424a; 452a; 485a) of the current
portion of the audio content encoded in the transform-domain mode temporally
overlaps with the previous portion (1252;1452) of the audio content encoded in the
CELP mode.

The audio signal decoder (300) according to claim 21, wherein the audio signal
decoder is configured to selectively provide an aliasing cancellation signal (364) on
the basis of an aliasing cancellation information (362) if the current portion (1262)
of the audio content follows a previous portion (1252) of the audio content encoded
in the CELP mode.

The audio signal decoder (300) according to one of claims 13 to 20, wherein the
frequency-domain-to-time-domain converter (330; 423,424; 451,452; 484,485) is
configured to apply a dedicated asymmetric transition synthesis window (1460),
which is different from the predetermined asymmetric synthesis window (620;
1230;1430), for a windowing of a current portion (1462) of the audio content
encoded in the transform-domain mode and following a portion (1452) of the audio

content encoded in the CELP mode.

The audio signal decoder according to one of claims 13 to 23, wherein the code-
excited linear-prediction-domain path (340) is an algebraic-code-excited linear-
prediction-domain path configured to obtain a time-domain representation (346) of
the audio content encoded in an algebraic-code-excited linear-prediction-domain
mode (CELP mode) on the basis of an algebraic-code-excitation information (342)

and a linear-prediction-domain parameter information (344).
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A method for providing an encoded representation of an audio content on the basis

of an input representation of the audio content, the method comprising:

obtaining 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 transform-domain mode, such that the spectral coefficients describe a spectrum

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
of spectral coefficients from the windowed time-domain representation of the audio

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-

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 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 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

wherein an aliasing cancellation information 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.

A method for providing a decoded representation of an audio content on the basis

of an encoded representation of the audio content, the method comprising;:

obtaining 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,
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wherein a frequency-domain-to-time-domain conversion and a windowing are
applied to derive a windowed time-domain-representation of the audio 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 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.



