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speech-and-audio-coding (also designated briefly as USAC) windowing and frame

30 transitions.

Background of the Invention

35  In the following some background of the invention will be explained in order to facilitate
the understanding of the invention and advantages thereof.
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35  stimulus signal, and a plurality of linear-prediction-domain parameters (for example,

linear-prediction-coding filter coefficients). The transform domain path comprises a
spectrum processor configured to apply a spectral shaping to the (first) set of spectral

coefficients in dependence on at least a subset of linear-prediction-domain parameters to
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35 information. In this case, the transformdomain-path is configured to
obtain the first set of spectral coefficients on the basis of the

t ransf or iwoedauenei t ati on i nformati on and to obtain thecT/EP2010/065752

| i near - predicti on-domai n paraneters on hhe basis of the

| i near - predi cti ondomai n- paraneter inforration. The audi o signal decoder
conprises a frequency domain WO 2011/048117PCT/ EP2010/ 065752 - 5 - path
conf i gur E8ER nest Be Ahepdef i fEARPle. i priealerarGoded-excitatian dingaorredistiet
encoded H@mhlfﬁenfoﬁeﬂuﬁ@@ﬁfoﬂﬁlémﬁrﬂ tRdRq @aﬂch%nﬁ%sl @tief tBarf WOy ansy de@RRl N
node set spectral coefficients described by the spectral coefficient
|nfornatﬁ*ﬁ”%£d i n dependence on a set of scale factors described by the
scale factor information. The frequency-domain path 5 conprises a spectrum
br 0ceg S OaSRRLLAYE Bt 4Dy BRRlNeaT, SREELLRNSRARE PRsLA 11ARAY SANEREY: domm! n
node Set 0 Fectra coerficiren rel processed version ereof

i n depenttedroél datvides soatEredasitorisformacin aind eap@}:ﬁ@pmalalqugdltsh@fpérdnsmons

f requencysdaog yanmeoﬁﬁte fldic e&géﬁtaénc@;@@df i %@@hﬁfferéfrhemaaﬁqcf&neyanqﬁ@m n
path al sg conprises. a frequenc omal n-tot | me- domai n, converter confli gured
to obtai Freauecnicwpa@rmrrwd?ewrésmgﬁeéﬁxwaﬂpﬁehr}faﬂpr@dlfb%éﬁtném mMACtHE basi s
of the speebhrlditedrapariihdegrnGindesmy n- mode set of spectral
coefLQC|ents The audi o signal decoder Is configured such that time-donain
representations of two subsequent portions of the audio content, one of

whi ch twhn sq)tﬁaqubﬂhbqﬁbmbhtoﬁ& aidid $igna dde@lec e mintti- Mdeamhdecgniahddchéer

t ransf or i [,ne i-Cl1 whi ch
two subs BN ha e t8feehar By rriouhil ARR, 1n 1B %asE e Yieftim
frequenc?om@mﬁﬁwumvaéon%$ﬂ®iKS@kﬁﬂvéwpbma1ﬂ@ﬁ@ﬁ$®@¢¥@¢@ﬁﬁ@éwn@w$ﬁﬁ@n@onaln
al i asi ngf&aatlﬁcﬁaoxwfmaeauﬁroewf@aﬁmmﬁg ] ptr@m@as Tﬁl@rﬁ@f fhe Cagamecro%teanwh&%
alreﬂg alscusse ;he co rdi ng ﬁnbodlnents q B

i nveht i oA%§SsDefiow Sar ‘L‘aécla ?aéllngTCF“é ] BYf’sr alS REFAUoFN &llovyed Wdi o

content sutsogiedt Ipﬂrtioheoﬂﬂhal’aﬁﬂmrd’ﬁntefﬁ@ which does not allow for an aliasing-cancelling
coded- ex tio near-pre 10 en domai n
mode. A er PP ISR bR TR B R b S MR BRI Gt
t hat t heisspetormad byhh@smtralss}pemgmf msnentralr@effmmﬁﬁshe dstesichof spectiad

transf or ;e eXeivatr %”tridsﬂr%%rbe%&%' Sl AL @u&ﬁ@%nte%@éﬁbo@edplirﬁ%f red
embodi ment, the audjo sig ecoder, i s configured to swtch between a

t r and¥ or Heberay dewain adi lﬁwg Jidferent pRiguPhapingrRoasTRl HORBHERIRiTr2lssiagon

t r ansf or pageadasey cétaptngo I&ohd&)oreﬂﬁt ia0 mnamqaredlbmm@dmaﬁ@)dta@idt@rbaémme
par amet er, i nf or mat | -CO i near- redlc%{

d-|
ode waPP S egR) AR wite BsdER R RN e e S e §
| i near - plﬁ&dlf(ﬁqumyekhnmm-tq&amrmmmm icofertentftenthe [spedttal shapaigealldvwefddGin
t ransf or 4 in S a
coeff|C|g% gg%n Eﬁﬁégggggﬁ@?% ﬁ%& ran{sh?fg %?%o%&ﬂngéﬁﬁﬁd.§ﬁtﬂiﬂgﬁﬁgﬁﬁon and
to oBfai dowhia, |evaraf dpffesenicneisnehsninienaprapaehes are usil ihéhgpaussqusnt apdio
l'i near - pragdiet TR, dRRE NFRGEATEERT bk NHbehRRL b9rse1elmlwuétaﬁ>mﬁg dnelalidgrgder
conprises_an al geb rﬂlc code- e cited-1linear.- predlctlon cqﬂé %ured to
obt ai n aS#nCRHaiEhin eﬁ’éﬁf?é% %tfPoansianA droay gF B & Bt tOfé}FFc?) UTPMHRhe 35
al gebr ai ena@dée-igxc hbﬁdahsmﬁﬂrdomaedl(mlaiambw, S0 afeslpehrait ecbdbreix eitddylindat-h
ACELP in tﬁe foll ng) node, on the basis of the al gebraic-code-excitation
i nf or mat POt éWBIP 1inearprediction-domain paraneter information. In this
case’0t he ACELP path conprises an ACELP excitation processor configured to

provi de
2011/ 048%1%"F%§‘f %% o1 ,g@%z H?O‘%d?d gg@ﬁg@&% CWR gred 10 SWith beleee & i on
i nf or mat iepstamecadadyeciadonslingar-pegdigionfdogiaiemoge ‘161@?1? Biohadrans e eees n

filteri ngxcﬁaﬂoﬁr R¥brAftidn " @rﬁp'ﬁs lllhé’%fﬁ&éhl@ﬂ(ﬁln@dmﬁﬂ prembRs liffoPhatidte and a
time-domain excitation sig and i'n dep eqﬁgpce on_linear- &%6dl t|on donmi n
& speslipksc

filter c wrw&@@rbwép n\a,f ICBNS?Sh igipe ipformaion iR 86318 RInai n

palr agset elirllﬁ)ﬂﬁzﬂfdﬂiﬁlﬂ i cabbthe &aﬁgfmﬂ&mmnqﬁmmlsrboﬂﬁgﬁred $o 6bafn tgu fied stoof
sel ective

I t f
mor 1 on' oPE TS ECRT Ll BEIC GG F™IHe Lo oP DI o LB Lol
| i near - pmbthnmtth@rhndmmdncmddommhl pavamgtess por theobasof of Hbe dindampredioti emt
ded th
Franst er o5 ERrS: MBAMART. FRE P Ridish dlust BomBRR I e RRRE Bk 1 o1
of the audi o content encoded



10 in the ACELP node. It has been found that the aliasing-cancellation
synthesis signal is very well-suited for transitions between portions (for
exanpl e, woaoespusancoded in the PCT/EP2010/065752
transf orm coded- exci tation-1inear-predi %tl on-domain (in the follow ng al so
briefly designated as TCX-LPD) node and the ACELP node. 15In a preferred
enbodi nent, the aliasing-cancellation stinmulus filter is configured to
filter tmeth-aoniepisg e abigin 3 dmpsiemain fenresentaligradithe pudioeppriengededrn the

l'i near - prreduéidyatmigmahedd idnt ee padiargst @rﬁeq/uah@}hd&ﬁameﬁh@adset faspeRirhl si ded
al i asi ng d|n rst mai n-t o-

fo t of the f 0
conver t aeofigria Bttt By rhe Treclsbiop ecrly BSTEREB 4Bd 1 HERRES FERT DS
f ol | owi ngcade rfectbrsodesnhbedld)yamh ocatorthent iefocraateh. i Thet fieqédick Romite patthe 20
ali as'j ng c&%ﬁ e% %ﬂe%{}uﬁltﬂrgye%syér Jonk' Srlred 3 ﬁglﬂf | e%ggl sthgplfnlgltg She tfreguency-
al i asing-ca ion stinulus si endence on
| i near - pﬂeﬂmctm@nbdsﬂnwmsmmmﬁbﬁo p@n@t@rynwhnwhp@uﬁ&eépwn@onmh@eof in

right-si @%Qer@leh&sérﬂgle s@illg'f&goﬂg% Bbta a sP&u3BEMbed frequency domain mode set
frequency-.domai p-t -donai n converter for a portion oOf the audio

content Qh&wsgaal ?%?fi%@t% rlag dregpeRcy slosu R plsp .cehprlﬁréérfrwlémyC@qrahnﬁ%de

precedi ngmae &Qﬁém%n%rtdr%nﬁgdﬂea t@?cﬂiltﬁﬂta efeatRthin fﬂeﬂr@&nﬁ@ﬁh%f B8 dfﬂfbe By
11ter ranete

t d
PPRlXDIS chaRen e hasts RF 15" SRl shviky "R TRh el STLEC BN | o
can be obbeffinedts. Ahseydid hignbl deeaderps edtifgurainsudio thet nnfel-ddIMn paresBiatios,
whi ch | di .
obt a1 nan L8 ek et BEihl BRI Al PRV Syl fud YRLERebp& BB N
one framthg audipeonient is @@@ﬁec{ mathet thi@s{crrah@ﬁeé@ix@tat@fl lwaﬁpredlctlon domam

l'i near - prn?&iechhcpﬂne oﬁ%h%”@d&sxfb‘sé&u%ﬁt ﬂﬁ‘[l@ﬁ@éﬁfh@ udio &Fikint 66 eAdI4@ Yn the
Accor |n , ovg%heads re kept to a m rther enbod IPE
SWQPe g

f
audi & AT O o ATPRCeY (FOPITH ?Yeé aPz‘% Cﬁ’é??grayt“??adﬁg?”bf‘
al i asi ngcamde)bzlthﬁ frequesty-dothaia-tbitinieedorhainzenwerdied. provi di ng the al i asi ng-
35 cancel l ation synthesis signal, and to feed M sanples of the
al i asi ng-cancel | ation stinul us S|gnal into the aliasing-cancellation
sti mul us s dlreedy discetsediithe evrcepisgssaudliingtoniba cmbedintanruel thedpenten sawplles of

the ali agiidr ¢anefsltRhb Yarsotht fRabss §f %aéum@raemteﬂt ErolBen AR &afsfBrm-
pl urﬁl ity of zero-i ngget response sanpl es of tg%l asi ng-cancel | ation
B/ .

synt KBsi §odsdserigitation W@GCPPP@A@STTVP@WEF&?M £§“F‘S‘2€“CY omaiy dEe A |

pr Sf er ablgrycgud cgun@chlia@mgaamemeué:hs dbitdiBeddQuEd thd RpT Gsethe 3bédrl @Hapt
audi o conten

non- zer,o_i.nput nse the s equent
ero- i nodt PrcuBishdn VESREREE R Gmb BBt e B RS R AT BB PR R R
si gnal atdomairmngé.ti on froma portion of the audi o content encoded in the
ACELP node to a portion of the audio content encoded in 5 the TCX-LPD node
following the portion of the audio content encoded_ in the ACELP node. By
expl Pt i 3@ apprekerred ranbpdimendy thej sndin sigaalpdnsadersiapnisgurathdo sHECh dedraen sut

response tgalheode- %&Etﬁtl&pﬁﬂedﬂﬁ)@fﬂﬁctﬁfﬂﬁ%me QFhi&t8ses a transform-coded-
al i asi ng-cancel I ation sti ilter, Also, a ve

ry snmooth .
al | asi ng SXSHALIP) RYPTERUSY e Uneer-grsiotonrione T, Rl HieIratione P gy
nunber ofalg’eecwn tedt-oaitpd-Hseapfprédigionl made,nghivhngses laat zil@etbrsmicnud:-amahgmal as
smal | as iRRPR bl e &0 I\{bne Ovr%ﬁictllo}l dgaslnpea%gmgt(e)ru r}ﬁl thatt a Isn ]?e OaI t
al i asi ng- e R T syn BSIsYe; gha 1S Very aoapt ed 10 ‘ff%l (t,eﬁ
al i asPng tamsﬁofraciomabypatb|1mgonﬂqubm/@btamrth¢ (ﬁn@detcdhmpural chhffijengds vethe good
tradeof f b*a%"éﬁecﬂe Qﬁﬂéf@ﬂn %B?T%acéﬁﬂﬁb{o@%oﬁhétﬁa &)aB‘l‘}t?l' 'f'ﬁ%'lg{% P{%d%o?
obtained. In a preferred odi nent he audi 0 sI deco s configured
to combi HEMRRMPAGBRES 08 the dasip|dehe d@ﬁ%rrmﬁdlsnoraéom@agqaraan%r ifermagipng

time- donmeie h&dbeseM addcaferobbmpned %'dﬁ%b&b@cm&@@%ﬁew&@d@néd FRtdonai n
representa}bhonaéftoa subsequent portion of .the

e a}g cont ent Obt?aéi Ma ng
the TCX- %P 05t 2| Hagflomain jeRresgnigtig. af ¢ o &8Nntapt engod
f oungdst haflgebtugc- U«Sdig@(cﬁéd Hhiedn- paédlaﬁjnngalwr‘db@igh@téd Olb‘rldﬂgc Relth SOBELP ninaded ti on

to the g rati |ons SISS rovi des
the posonBirpes Brdbofe et R M AERFELeRt EREEM BFPRePh s Pt e
ceffici entpmh@tmrdommn pardnmeater a)rfomtaltlenr &y this @dseﬁlth@&ﬂ@@lqua&ebd)mpnm an
stinul us I [ 1 the. -

211 281 ng- SoBD e SRR B Rl 8 MDRL s EhERGHathcxt Bfion signal on the

al i asi ng-cancel | ati on, by the wi ndowed and fol ded version of at |east a
portion of a ti rre-dorrai n representation obtained using the ACELP node. 25
In a preferred enbodi nent, the audi o signal decoder is configured to

conbi ne a wi ndowed version of a zero inpul se response of the synthesis
f||ter of the ACELP branch W|th atinme- domaln representatlon of a

Y b1 o I - ——eN s 1 NP~ 1 v
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the audi gsiﬁ%MC%P . is configured to provide a representation of the
C

audi o_cont ent a bitrate overhead required for WO
2011#9D48117PCT/ EP2010/ 065752 - 10 - cancel ling aliasing at transitions

bet ween pos biedeiged éiodenamiPthe aufiioai@l BEcodbibis fcbﬁﬂlgfa§éd @f coniined diiRiosRat ent
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30 such a zero impulse response may also help to improve the coding efficiency of the
aliasing-cancellation stimulus signal, because the zero impulse response of the synthesis
filter of the ACELP branch typically cancels at least a part of the aliasing in the TCX-LPD-
encoded portion of the audio content. Accordingly, the energy of the aliasing-cancellation
synthesis signal is reduced, which, in turn, results in a reduction of the energy of the
35  aliasing-cancellation stimulus signal. However, encoding signals with a smaller energy is

typically possible with reduced bitrate requirements.



Enbodi ments according to the invention create conputer prograns for
perform ng one of 10said methods. The conputer prograns are also based on
t he sane wonsiwagayi ons. Brief Description of the Fi guresr/pkaoekisEnt S
according to the present invention will subsequently be described taking
reference to the enclosed figures, in whifech: Fig. 1shows a block schematic
di agram of an audi o signal encoder, according to an enbodi ment of the

i nvent i onln 2@réfeged 2atbodisndnt, Mhe@&dmh]glli?hdeﬁodﬂraﬂk&mgﬁr?:&fb wg&ﬁg%&g@lﬂ ock
d d 0 i nv i on [ S

Cohemmt | o Gran Dd P A Hec R M b lo b ey e

wor ki ng dframenayﬁf)mtamemwﬁ ﬁm wiicBpdepedainguéugi-donGotkite ¢ meWUBAGIN dﬁl@sffctrm is

st andar d; u:Fe'ans *RAhQwWS :ﬁ rﬁg Kol @ﬁfﬁa'lﬁleﬁj ﬁr@ﬁ%r? Ino%? ﬁlut%sgffss%;_,gtﬂe aydio s a

decode rding to an t er e e I nhvention
gr aphital Slg dgeQder & opdieured do pbleast pariallyicaershan ala%mgat@rtraasmon@awen@

wor ki ng dpatibn 4)f Qfle biidio WoAentlEfokie® ‘irﬂﬂﬂ:&f QX ]fP]g m&ﬁhﬁiﬁsa gpﬁfbﬁ%mhé Gudio
representation Qdow, transitions g in an aUdlodfll gnal
codi ng, at¥H \f,‘\n% ah gﬂﬂlﬁ'@ﬁi’ BF’a)tIhén‘? ht PS I’mmg an overlap-and-a

operatlon between time domain samples of subsequent overlapping portions of the audio
content. Also, the audio signal decoder is configured to at least partially cancel an aliasing
10 at a transition between a portion of the audio content encoded in the TCX-LPD mode and a
portion of the audio content encoded in the ACELP mode using the aliasing-cancellation
synthesis signal. It has been found that the audio signal decoder also is well-suited for
switching between different modes of operation, wherein the aliasing cancels very
efficiently.
15
In a preferred embodiment, the audio signal decoder is configured to apply a common gain
value for a gain scaling of a time-domain representation provided by the first frequency-
domain-to-time-domain converter of the transform domain path (for example, TCX-LPD
path) and for a gain scaling of the aliasing-cancellation stimulus signal or the aliasing-
20  cancellation synthesis signal. It has been found that a reuse of this common gain value both
for the scaling of the time-domain representation provided by the first frequency-domain-
to-time-domain converter and for the scaling of the aliasing-cancellation stimulus signal or
aliasing-cancellation synthesis signal allows for the reduction of bitrate required at a
transition between portions of the audio content encoded in different modes. This is very
25 important, as a bitrate requirement is increased by the encoding of the aliasing-cancellation
stimulus signal in the environment of a transition between portions of the audio content
encoded in the different modes.

In a preferred embodiment, the audio signal decoder is configured to apply, in addition to
30  the spectral shaping performed in dependence on at least the subset of linear-prediction-
domain parameters, a spectrum deshaping to at least a subset of the first set of spectral
coefficients. In this case, the audio signal decoder is configured to apply the spectrum de-
shaping to at least a subset of a set of aliasing-cancellation spectral coefficients from which
the aliasing-cancellation stimulus signal is derived. Applying a spectral deshaping both, to
35 the first set of spectral coefficients, and to the aliasing-cancellation spectral coefficients
from which the aliasing cancellation stimulus signal is derived, ensures that the aliasing

cancellation synthesis signal is well-adapted to the “main * audio content signal provided



WO 2011/ 048117PCT/ EP2010/ 065752 i nventi on or an audi o signal decoder
according to an enbodi nent of the invention; Fig. 7shows a table

r epr esentwbdi20n/mag1ial | oned wi ndow sequences, whi ch may becTEro®@@dei7s2 an

audi o signal encoder according to an egjgodi ment of the invention, or and
audi o signal decoder according to an enbodi nent of the invention; Fig.
8shows a_detai | ed bl ock schematic di agram of an audi o signal encoder,
10accor dibHdhe Hrdireanensdidompin-gi-timgalonapie penvsrer. Biggin, dsheadingeisteacy éor bl ock

schemat i enélidaey @BaRisidcaddlizRios isEMalusdemartimpesed ding to an enbodi ment  of
t he invention; 15Fig. 10shows a schematic representation of

forward-al i asi ng-cancel | ati on (FAC) decodi ng operations for transitions
fromandin @ pEErRd EBngronhikshoths sadscRgmal decadeprespritat 4 gacorld Aeqanpyt at i on

of ancFA t. n ;. 20 Fi 12shows. a schematic representation
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i omain-to-time-domain converter is configured to pertorm a lapped transform, which
quant i zef
comprises a time-domain aliasing. The second frequency-domain-to-time-domain
10 converter is configured to perform a non-lapped transform. Accordingly, a high coding

3

efficiency can be maintained by using the lapped transform for the “main > signal
synthesis. Nevertheless, the aliasing-cancellation achieved using an additional frequency-
domain-to-time-domain conversion, which is non-lapped. However, it has been found that
the combination of the lapped frequency-domain-to-time-domain conversion and the non-
15 lapped frequency-domain-to-time-domain conversion allows for a.more efficient encoding

of transitions that a single non-lapped frequency-domain-to-time-domain transition.

An embodiment according to the invention creates an audio signal encoder for providing
an encoded representation of an audio content comprising a first set of spectral
20  coefficients, a represenf.ation of an aliasing-cancellation stimulus é'ignal and a plurality of
linear-prediction-domain parameters on the basis of an input repfesentation of the audio
content. The audio signal encoder comprises a time-domain-to-frequency-domain
converter configured to process the input representation of the audio content, to obtain a
frequency-domain representation of the audio content. The audio signal encoder also
25  comprises a spectral processor configured to apply a spectral shaping to a set of spectral
coefficients, or to a pre-processed version thereof, in dependence on a set of linear-
prediction-domain parameters for a portion of the audio content to be encoded in the
linear-prediction-domain, to obtain a spectrally-shaped frequency-domain representation of
the audio content. The audio signal encoder also comprises an aliasing-cancellation
30  information provider configured to provide a representation of an aliasing-cancellation
stimulus signal, such that a filtering of the aliasing-cancellation stimulus signal in
dependence on at least a subset of the linear prediction domain parameters results in an
aliasing-cancellation synthesis signal for cancelling aliasing artifacts in an audio signal
decoder.
35
The audio signal encoder discussed here is well-suited for cooperation with the audio
signal encoder described before. In particular, the audio signal encoder is configured to
provide a representation of the audio content in which a bitrate overhead required for



Tabl e 2shows a representati on of possible absolute and rel ative

quanti zati on nodes 30and correspondi ng bitstream signaling of "node | pc ";
Tabl e 3shwo=oa/ledale representati on of codi ng nodes for pcog@beolssysnber s
nk; Table 4shows a table representation of a normalization vector Wfor AVQ
35quanti zation; Table 5shows a table r'elpor'esent ation of mapping for a nean
excitation en,erg){_ ;. WD 2011/ 048117PCT/ EP2010/ 065752 - 12 - Table 6shows a
tabl e r efrESBHEAAHAS ¢f transitioRsdrctwengissitansdforcarembies ifiames oasulxframaetofon of
“mod[]; ‘thédudio dhsdi@vEcoded BPdiERRAE AbHANs REptaeayRdtAx siRlla frequency-domain
channel stream 5"fd channel strean() "; Fig. 15shows a representation of a
syntax of a linear-prediction-domain channel stream"|pd channel strean()

", and 10kither ch@sidiments ac@pdiag entiatinaehtioh cheasy @ indxhadf fot Peovidinparddcoded

al i ask ng- at i data "fac .data() ... tail.ed Description of the
EI’TbOd!IS rrerr\%@&%ﬁéa&s& ﬂgg]eoaugfog%ﬁ?e%gg%&é%etg%dc @d’lr?l‘ﬁglpg ap;j geoded representation
of an audio content. Said methods are based on the same ideas as the apparatus discussed

above.

Embodiments according to the invention create computer programs for performing one of
10 said methods. The computer programs are also based on the same considerations.

Brief Description of the Figures

15 Embodiments according to the present invention will subsequently be described taking

reference to the enclosed figures, in which:

Fig. 1 shows a block schematic diagram of an audio signal encoder, according to

an embodiment of the invention;

20
Fig. 2 shows a block schematic diagram of an audio signal decoder, according to
an embodiment of the invention;
Fig. 3a shows a block schematic diagram of a reference audio signal decoder
25 according to working draft 4 of the Unified Speech and Audio Coding
(USAC) draft standard;
Fig. 3b shows a block schematic diagram of an audio signal decoder, according to
another embodiment of the invention;
30
Fig. 4 shows a graphical representation of a reference window transition according
to working draft 4 of the USAC draft standard,
Fig. 5 shows a schematic representation of window transitions which can be used
35 in an audio signal coding, according to an embodiment of the invention;
Fig. 6 shows a schematic representation providing an overview over all window

types used in an audio signal encoder according to an embodiment of the



Fig. 1 shows a block schematic di agram of an audi o signal encoder 100,
according to an enbodi nent of the invention. The audi o signal encoder 100

i s confi gnoeditasriecei ve an 20 i nput representation 110 pofi/menoiawes7s2 cont ent
and to provide, on the basis thereof, ap encoded representation 112 of the
audi o content. The encoded representation 112 of the audi o content
conprises a first set 112a of spectral coefficients, a plurality of

| i near predi cti on- d8WENHCHAF apregiossigna islegeder Aceapingsieranaembedimenicobthean

al i asi ng-cancel | at iipRn@déd;mul us signal. 25 The audi o signal encoder 100
conprises a tinme-domain-to-frequency-domain converter 120 which is
configured to process the input representation 110 of the audi o content

(or, equiFigal7ent |y, skovwr ighiompssedatar sf sliovicdiOwindber eqfignced, oviakit aiap ta
frequency-domai n represent aj | o) I.O_caqnt ent ich may .t ake
the fgrn1of a set ggﬁsgég%r%kﬂgd%§§¥f%%§%%t%#SK$W%Q%dﬁfgngﬁgW%ntgﬁégﬁer 100
al so conprises a spwentien, oprendeydiorsigrdd degridehadogrdiemid gurembodimeappf thea
spectral shaping tgwtheod: r equency-domain representation 122 of the audio
content, or to a pre-processed version 122' thereof, in dependence on a set
140 of linear- 35 prediction-domain paraneters for a portion of the audio
content Fg.lge encogefivd B ddifleli Bloak -splieghtict §aPraBOBRIAA, ailddo GRiml Rnéoder,
speciéally-shaped freqﬁeng{-do in [ epr. sentation 132 of the audio content.
The 17rst set 1122 EPettaAM0supenof F8 Vel be equal to the
spectral | y-shaped frequency-domain representation 132 of the audi o content,
or may be;, Y0 20LL4Q4ALLTRCHEPROMO RELSR b ST YER! O MSoger
spectr al Q%Shaped reqqency-ébnaln representation 132 o fhaaudi o tont ent .
The audi o signal efksoHBRE oW cambndimerpi theasveniioal i asi ng- cancel | ati on
information provider 5 150, which is configured to provide a representation
112c_ pof an i asi ng-cancel J ation stinmulus signal, such that filtering of
the i agfgng-cance XS BFCATTHT [FRrSPYALIn Pﬁ%ar@ﬁé%aléﬁe@-%caﬁmpga@ﬁ%
subset of the |ined¢codingdipetations fbomanditi@arfaoreted ® AGBLPesults in an

al i asi ng-cancel l ati on synthesis signal for cancelling aliasing artifacts in
an audio si?nal decoder. 10 It should al so be noted that the

| i near - pFedilét i on- oy msamaiierenresentafipn whyp, cofrpritadivaieplan  FAfe targetadt ano t he
|'i near - predi ction-gdomain paranmeters 140. The audi o signal encoder 110
prov%ges information which is well-suited for a 15 reconstruction of the
audi ©°content, even if different portions (for exanple, franes or
sub-franeg). 10f t hestawdi Dsdhembedtepiésentaiicded quintafireoLmt FAOORSet fPthea
portion of the audig.c nteﬁy enco%ed in the Iine%ggﬂﬁﬁdiction- omai n, for
exanpl e, in a tranStBrhol8ESaRsy aMABhn PRI ERN YT on- domai n node, the

spectral shaping, which brings along a noise shaping and therefore allows a

quanti zatboR 1of  t hg, AUIQ4EBHE ﬁ)?tthevﬁrggén@e szf@i%l?ﬂ’@%l%r in a bitstream;

25

Fig. 13 shows a schematic representation of a principle of a weighted algebraic LPC

inverse quantizer;

Table 2 shows a representation of possible absolute and relative quantization modes
30 and corresponding bitstream-signaling of “mode Ipc ”;

Table 3 shows a table representation of coding modes for codebook numbers ny;

Table 4 shows a table representation of a normalization vector W for AVQ
35 quantization;

Table 5 shows a table representation of mapping for a mean excitation energy E ;



20 small bitrate, is perforned after the tinme-domain-to-frequency-domain
conversion. This allows for an aliasing cancelling overlap-and-add of a
porti on olotbe/@sdiro content encoded in the |inear-predipcrinppodosasn with a
precedi ng or subsequent portion of the audio content encoded in a
frequency-domai n mode. By using the |inéar-prediction-donmain paranmeters 140
for the spectral shapi ng, the spectral shaping is well-adapted to

speech- | TR &udi 0 IBYsonttable sceprsaitiaticmat 8 pambsrcol apicjrabseefiicsaisngs a
efficiency can be pht@methai);speech-1ike audio contents. Mreover, the
representation of the aliasing-cancellation stinulus signal allows for an
efficient aliasing-cancellation at transitions fromor towards a portion
(for exaRy. ¢4 franghoors aSthréséﬂtﬁ’e()n of atsyatarudi ofreqrheptdomnodadnd] stehe

al geb galc code- exchteq] near.-p g L ction node. By providing the
representation of tﬁe a3|n§> ncel lation 30 stimulus signal in
dependence on the linear prediction domain paraneters a particularly
efficien resen 0. @S| I sl is
obtalnedFE%E?ch ca%ﬁ%E %é§£ﬁ%§ég§ﬁtﬁ%' g?ggk@&l g?ﬁ?bﬁ?wg&?ﬂﬁg

consi deration the ﬁﬁﬁehﬂp$féam@tﬁgﬁﬁbﬁabﬁ“baraneters mhlch are known at

t he decoder anyway. 35To summari ze, the audio signal encoder 100 is

wel | - or enabling transitio bet wee rtio of the di o .cont ent
encolibd FIE 8 £ er cHEMGuteHts Tt St o famrd Sigeciones ton 4o

al i asi ng- cancel | at ffac datsi()ot.mation in a particularly conpact form WO
2011/ 048117PCT/ EP2010/ 065752 - 14 - 2. Audio Signal Decoder according to
Fig. 2 Fig. 2 shows a block schematic diagram of an audi o signal decoder
200 according to an enmbodi ment of the invention. The audio signal decoder
200 is configured to recephugiD&EPEIISHNE BRIBIBM AL | on 210 of the audio
content and to provide, on the basis thereof, the decoded representation
212 b the audio content, for exanple, in the formof an

al i asi ngi edudiedidgnanBPectalpidstosdignal FigThe audi o signal decoder 200 conprises
a transform domain path (for exanple, a 10 transform coded-excitation

| i near - prediction-domain path) configured to obtain a tinme-domain

repr esentigt iloho?s 2 Wock behenmatsc diagom ehen endiodeghal anceder b0fs fageardidgrtaian node

on the bashsdiRfenfof fHe 1§1§/ént§)?1t T%ggu&% s?%lﬁ‘f’teﬁé’ddep 966 fxé Eb ftuPed t?b recelve an
repr esent ation 224 O an aliasingcanceflation stimnmulus si %Qa and

pl ur#d i t {ppyt renreeatalipR ddcel ah-2ué ?qtltepléraaéretpe@rewﬁz,zonth% tlaﬁgqrequaaom n

pat h conpfidodes r résléﬁ&hbhl M1 RIPGRS a@dlo Zzaﬁteﬁpﬂfhlegiﬁb@di:dt RpRp@ittica 1B speet ral
shapi ng to,.t he rst

efficients i endence on at
eact '3 SR dPnn EREDTRRea T Shi1d0R o AOHER ropHPke  bUsIET A g Thtal n o
spect r al byedshiapeldmaer parame@821 b drhdea fépresentaton 222 of ais phadingtancellation
coefficigr ﬁmsgggltransforntdonaln path al so conprises a (first)
frequency-doma Yo-time-domai n converter 240 configured to obtain a
ti me2domai n representation 242 of the audio content on the basis of the

spect ral Irye shaRedgd) oneb&roro2&AmMHset Qetl&gldbﬁtta}n @%ecﬁ%@cﬁaorﬁﬂﬁ%%ner
coeff|0|e2Q Ire tr ansf rntdonauﬁ path al so cogy 8 g

al i asi ng EGREEAN 1§ PBHEWER i PIRSSTS the dFPUssepresRAlapAn 140 © e Yk gontgrtsert er
t he al i asquigalediced | geippocesdedmubndidns il giralthervdth,clo idbtanﬂpa eﬁecpteﬁ@-bymﬁihe

representatig ence. on east bs

| i near - pFeé’a?Sgtltaﬁ%n é%%a"lfﬁgg g ot é’é’%lc t‘B%é’f’?ﬁe § ate méltl aasf% fc%{)ﬁﬁtg‘}ll ation
synt Bési sodTfigeats). 252 from t he al i asi ng-cancel | ati on stinmul us S|gnal. 25 The
transform domai n path al so conprises a conbiner 260 configured to conbine
the tine-domain representati on 242 of the audio content (or, equivalently,

a post - pAbe asdiagignal aiceder2fP alsoneamsisys wmwtrahleoa@smst}ngleahmqn&gmﬁ

synt hesi g shpljad s&ctral Q’hapxﬁg%vtﬁé Rgu¥ncydd RRMA 1BpR&ESIRA Ve %f Qhe %t:i@io
thereof), to obtain the aliasing- regzcglﬁ ti.me- donaln signal 212 0 The

audi o si §PRIFNtYEL B PreRyacssasH vamiph il regptin GRRTNIERGSCYE 8 iSeigl 7S lfrtsar-

deri yf ng pféﬁlﬁ:tl@ﬁidohfmgl @faratrtwcr§ pech rpdﬁﬁ(ﬁf of &i5s alidie IWntenh it € e pRCS AN, theor
exanpl e,

cubant - of et RapEh: i PSR Rt Fetlgs thain " SeSiniadR®!

132 of the audio content. The first set 112a of spectral coefficients may be equal to the

spectrally-shaped frequency-domain representation 132 of the audio content, or may be



WO 2011/ 048117PCT/ EP2010/ 065752 - 15 - for exanple, performa synthesis
filtering for synthesizing the aliasing-cancellation synthesis signal 252,
fromat |webim4subset of the |inear-prediction-donmain pararedenss’d22. The
audi o signal decoder 200 is configured {0 provi de an ali asi ng-reduced tine
domai n 5 signal 212, which is wel | -suited for a conmbination both, with a
ti me-domai n sjgnal representlng an_audi o content and obtained in a

f r equenc{edGifaiie e SeActiaieshaped Hreagacydomain cepsFeationn 1 3¢ 1o the audio

ti me- domgbmiesi gnal representing an audi o content and encoded in an ACELP
node of operation. Particularly good overl ap-and-add characteristics exist
bet ween portions (for exanple, franes) of the audio content decoded using a
f r equenc e h0didoigiahemoder 0 dpecabprons au sliasghgacaht«d Brien dyfodoatiinrprpatiér not
showngin g n ops f t he
audi o Consg néwhé)ncg dg Jﬁ%h}ed £ Hr(ofv?Je g Xr?]grgge%’t t3n! {l%ge?fo fn ?ﬂ% }é’é @%Fc)ellal({nh

noi se shapinulysi sigpar be¢hréhlatb§' filmmgpef:tthcumhpmogremﬂatmo stimubisesignal in

frequency QOB o alead@f Qb&etlorehd ﬁﬁé&‘r‘%@ﬂcﬂ»ﬂ%‘n&lﬁ Baliafn'gﬁ:rsd PAR}Rults in
conversion 240. Moreogver, particularly good. aliasing-cancellatigns can also

be obt ai AB@liasingseanselation sgatflﬁléﬁlgpﬁloﬁor &an6eping aligsipg arHagss isghaydiasignalor t he
audi o cogt&ider.decoded using the transformdomain path of Fig. 2 and a

port gn (for exanple, a frame or sub-frame) of the audi o content decoded
u5|ng an ACELP decoding path due to the fact that the aliasingcancellation
synt hesi $t shgrdlal@bdei sotpd alatdexd bmeat-pecdbamnsdoafaira pardnteters Nl 20f mawp, for

ali asi ngg %ﬁ@'t '@ééc@xﬁl DthdHhdP-pPd SRR d&%agngngng‘@Psel@n

| i near - predi ction-donei n” par areters i'asi ng-cancel l ati on synthesis
signal 252, which is obta| ned in th| s manner, is typically well-adapted to

the aliagihRgaadibi kRG4S MBdERR POF Wroded Wﬁf&rﬁﬁﬂéﬁtwm&hb% W& NsdteBOKSd Qn of

t he dio content encoded.in the TCX-#EE%NDde orti n of the audio
cont iﬁt EHOBHER PR 01? ﬁtﬁ %&%ﬂ@%ﬂéve?& Fenbb?m%%& 8%’%3%1 % Faé‘bf‘ér"a iRy t he
oper at i offranfes} betiruaidio sorgaalarelesadieddn \Mﬂféreﬂuemdm(:Fmbedmrtmnt dfetht alubdion ng.
25 3. SW Bl%t@ﬁt ef?&%%'eg &gdﬁne%r ﬁfe%?ctl%l n(ﬂ)ma? Ffog exa%%l % b(rangf %IQ oded-
@eo W B

foIIovmng e concep e audi’o Si riefly be
di scusse@xmwtuongmp@‘rmp@m@ temgngeode3thespectab sha@mgs“inc;mﬂings sl &l ndxecoder

300 acc Orsliiéﬁ?ﬂ% bRd Ehé}efo?@ alfdgs a:’tﬁlaﬁm\ﬁ%n 30fbtth Qalﬁd§>caﬁﬁ@1tt vgigd 'aacg)rn?ﬂ%é?ifve@/

reference i - node a di 0. si g 3@3 ecodg and Fi b shows bl ock

schefat i ¢mH! il bt peatared o de MRy QRSB G ?ma@sc%eré}oar ¢t o an
enbodi nentlowt firha ahasdﬁglt:ameumg r@veﬂl ﬁndA&IcU@fa Iﬂr@on Sithe hedis canteasdneodiric oder
si gnal flog}&g}c a reae en ord exa actcorég g%%o %r Ki n dr aft
4 of the' "GPPt ‘§‘%‘h 8‘?18 BPECE, m%B %9&168 & 8ULP e gal

fl ow of anmdaposedfrmnandmmorrdodug Byousimg €rbogenprtlicobntdhmaimpeaneers. WO
2011/ 04831 RGTHEPQALAA08RRS, thel Spectral shaping is well-adapted to speech-like audio

25  contents, such that a particularly good coding efficiency can be obtained for speech-like
audio contents. Moreover, the representation of the aliasing-cancellation stimulus signal
allows for an efficient aliasing-cancellation at transitions from or towards a portion (for
example, frame or sub-frame) of the audio content encoded in the algebraic-code-excited-
linear-prediction mode. By providing the representation of the aliasing-cancellation

30  stimulus signal in dependence on the linear prediction domain pérafneters, a particularly
efficient representation of the aliasing-cancellation stimulus signal is obtained, which can
be decoded at the side of the decoder taking into consideration the linear-prediction-

domain parameters, which are known at the decoder anyway.

35  To summarize, the audio signal encoder 100 is well-suited for enabling transitions between
portions of the audio content encoded in different coding modes and is capable of
providing an aliasing-cancellation information in a particularly compact form.



The audi o signal decoder 300 will be described first taking reference to
Fig. 3a. The audio signal decoder 300 conprises a bit nultiplexer 310,

whi ch is wonbigugad to receive an input bitstream and tecpeproWecise
information included in the bitstream to the appropriate 5processing units
of the processing branches. The audio iy gnal decoder 300 conprises a
frequency- donaln npde path 320 mhlch is configured to receive a scale
factor iRgf£ gl & 82 coefficient information 324,
and to provi de on the basr S thereof a tinme-domai n representation 326 of
10, an 2000 1808 noofed |0 LNE LLSHMNAIIBA MB%R: AT0%240h2 34

t r ansf or embodigttnex¢ itheainivermidni. rlmarauproedgmm idetoddn mal s partﬂngtﬁaﬁto thlﬁ‘/h ans

configured to.receiv t r.ansf.orm coded- e crta I |on 332
and a1 ResnRpr g Rl B 0R RE el SRR RS R HE i P B ks hs o
| i near - pdedided irgmescotiting 2|1afocﬁrtlnfatiudmporﬁcntaﬁ)raxamnbam the dding tof enaﬁamm n

i nformat i.op,. Uﬁt% o%ntainpﬁgﬁa jprediction-coding 15 filter information) and to
provi de, on t asis thereof, a tine-domain representation of an audio
frame or audi o sub-frane encoded in the

transf or myg ofRel %i}lat et &t | 20ne26Mp Ak C4 't%sfé@rﬂaﬁ&nﬁﬂ%th P@br RR&gpleThe

audi nal . decoder 300.al o conpr.i ses
al geﬁﬁ) | SanspR GRas e ST O PE3sTRE %ttqno‘t?‘]%%’éﬂl?ﬁ)) wafigusgdoto Qlfpigna jtime-
confi gur eldmtam repmmalcatnz lezncibtﬂtedauevocaomaetnt ercadad ai aatansford4dnaid nivde on

li near - pred a%tsl on: &orS{ g, trolnco?é/tlt401er9 (at i?esgrf%f d&-[‘?&?gf g:? aﬁa51rl1é1€ar

predlctlon coe |C|en ?orna on or as a |ne
i nf or mat carcebaticaus stamitlug emnalpmeblacttlulrehtyc@fdhmﬁgr-preldtcelpmdnﬁmmaanamyersaMZ to
provide, 19 ttatﬂ@fo%sdoﬁnaﬁﬁ‘?{aﬁpfzomﬁngeb @Esﬁé%%rbw%rzw @&iﬂ?ﬁéanfocﬁﬁﬂl 4

information, to as representati an audiq_frame or a o sub-frane
encoded ﬁprctrﬁbsh@eeemn%eéﬁrs@rfét aaQriOB SRecAlasocdddetE N SRFNGPE VoHpFItas a
transiti gibssi Rdome NehearPicalittivs-demafd guaedtdro 22ec b ubtdilea 3pedttall@-sHaedi n

t at 2 f t.h d t ent
ettt I IR R s G T R
I epr esentamposes ws(rﬁmsg) frequeangidoineim-teitmiksddmegin cPhreerfer 840 eofygudeahi abtparh 320
conpri seg A @hdih tlg@tgeﬁtaqgﬁ 292 0or HORARPI G RS Bas?»sooﬂ@,e %p@cutam sRffgded

spectral rep resentati on taln a decoded Sp ectral e resentatlon
320b20an vr:rsw@r?é@ Qfaaﬁrﬁrf@rsee%@h%wtr@]wefﬁqeetSp l&¢ |t'a‘§5fétﬁn |dﬁverrs@4tb also

quant i zedompasds! & alﬁﬁﬁfge&ﬂﬂél&fttbﬁrkttﬁm flfert 189, bastts lptoﬁttgeraieﬁpﬂﬁet ﬁh@eCt ral
repr esentéptl on 320 calin

nfiqured to ale the inve
Guant s s dEHEEaH Hich, ORAID TR 560 1o CHERRIIRE SOt PLoar 8 aet i D, ¢
obt ai n adspaldectespeattleast arsepseeseé ﬂteattneanqpr:aﬂﬂttomddm&m(panamctse)ZZZStmdhrfweed

di ( cl8e): :
S5 on ¢ Al DAl GRAH R el LBl B2l B9 sRadndFaf ML LARYEARRIR | On
2011204811z pansfop20d@n08 37280 also Xpmprigesea ?@nbmeo 260 :neofigase tocwpinsethean

ar i thet ki, J&sRAR rre;%@%ta‘ﬁ%ﬂfiélgu&eﬂe AR QS (3, @aﬁegeguys PEEbstArocessed

representation 330b on the basis of the encoded spectra represent tion
332, an VRIS Zgtherol), with sqdiagpgcarsHapy ynpeds sigaalan 2i (A sALERS " SHant i zed
spectral poeiressddatdreion 3304 tiedh o hidsdis thé aliddéngdRdackaidtimpeiotiadl signal
represen ?lon 330b, a (inverse) 5 nodified discrete cosine transform 330e
for provi“ding an excitation signal 330f on the basis of the inversely
guanBbzed spectral representation 330d, and a |inear-predictioncodi ng

synt hesi i r ﬁg”% i F 6 on

t he basi ?hfe alu?ﬁ) si glglte éo?{eg%b@é’:{ﬁagr' g? ah cﬁﬁtﬁﬁﬁ{)%g%ﬁé’g?ggﬁi?%rgn codi ng
filter ceettingcifethe spedang anrrcmsmrﬁé@s rréxschdeetfgmﬁt & expmple, a scaling and/or

l'i near - prrdi&lcy QRndaMabRe fshhfigg, £ORTdii6dseRt fibset of the linear-prediction-domain

parameters.

35
The audio signal decoder 200 also comprises an. optional processing 280, which is

configured to derive the setting of the aliasing-cancellation stimulus filter 250, which may,



10 The ACELP branch 340 conprises an ACELP excitation processor 340a
configured to provide an ACELP excitation signal 340b on the basis of the
encoded ewoi2vatds®n7si gnal 342 and a |inear-prediction-cedirmp2sipnsdvesi s
filter 340c for providing the tinme-domajnh representation 346 on the basis
of the ACELP excitation signal 340b and the Iinear- 15prediction-coding
filter coefficients 344. 3.2 Transition Wndow ng according to Fi l('? 4

Taki ng r &pteesdeRlenpwrfpan B gynthesis Haltaringn§art pwhsgizingoWien gliasioe-gancellaion
descri bedyitRedi®Psignal 202 dedrlat leadtialsibsc@bf @k linedriRedeneL & mdin Biaf@tcsd PUCt Ur e
of an audi o signal decoder 300 will be described. However, it should be
noted that a very simlar framng structure with only mnor differences, or
even an iTtertudmatigee rdecader f20ans rgngured taipmyvida 4 albgingseduded tirhe dombiar

audi os si gnal SRSOURLS RF WARSAHE! SodesehfRdidieRsh il o SHRULE Al 8 RG not ed
that audi@ frangs typi cal Ty "conprise ar?enth of N sanpl es, whetei may
be equal re¢nwese04@g an 2&liSgbsienandtobtainarein wfrequeaciadaian gorreearftopreyioneand

over | appi ' | 1y, 50%: : 2 i AN
U o 11 S (ORI S Rl f%ﬁﬁ’éﬁ%@%‘ﬁ%g}‘ M8 B PaRATRGA

ti me- domaN MASERBI Bedofof apertigno Pritigiiarlyr goade preskaprpdade charagisrisiygs, exig
exanpl e, bBivees PREdIBI (frQ&hipld, @ahies) 6f terdnald sovkent dediRledN ukinBBr HEGRKEY-
sarrpmiﬁs (af an au |offrame. may al so be %%g%[ssent ed br\{ a plural ht% 2(gf, dfor
examp! e, 98MgHy Moge Ofpgperalion Wsingg dreay ZpI PRE) doOMc R fitgs 2) an

Accor di ngbstiona (forghemplenpdiraale oresdl-friimen of aie hediobiocatenedecdded tusengNthe
time-domj .of _an jo,fra : ed | f epcy-domai n
mde usi B oa Ropg gpRle $hkCe 7R iR SRERRCE hickafy SORMERRMLART O
for exanpreessgr 260 daltheeiequeTOPdSTART. . iioherethe fegusnexntdpmdintaATne-dagatn
e Al e o E e
inve?ge ﬁswfeppécpoaﬁl%&%ﬁ TS rac%ﬂrswrﬁswg%g‘.thq %Pdé%ﬁcer}i%td,eceﬁleﬂuﬁ% ity
of Zhor t etie Md;lrfsﬁmébsdorﬁﬁh pasadeiFie. Dhnd b@oﬁ%@ﬁ(f&%@n@mhtfgﬁ?e oB3ubbarappdfl de to
wi ndow t he time- in_representat obt.al ned usin repnt sets o
Shoorral W n R ET oS B FRE D iy B2 s8R tMeleth A Bec L FRERe aRfliRe°\

ti me- domearceHatipl eptiafsisasigaal 53 i rramaded enethe bdsigl ofii lfermgpblpmlaliaynpf sets

of spect LaceAREId LGhERt SigdaPlin QXMMRERe SERAEARABRIH dNMh AL D¥FarhBYrs PR
applied to tinme-domal n representations obtained on the basis of 1ndividual

set s2Bf @Havng-sancelhton wndistis sabérat whichitt Rbiaingd g tais Appamgt. i symically
well-adapted to the aliasing artifacts which occur at the transition between a portion of the
audio content encoded in the TCX-LPD mode and a portion of the audio content encoded
in the ACELP mode. Further optional details regarding the operation of the audio signal

decoding will be described in the following..

25
3. Switched Audio Decoders according to Figs. 3a and 3b
In the following, the concept of a multi-mode audio signal decoder will briefly be
discussed taking reference to Figs. 3a and 3b.

30

3.1 Audio Signal Decoder 300 according to Fig. 3a

Fig. 3a shows a block schematic diagram of a reference multi-mode audio signal decoder,
and Fig. 3b shows a block schematic diagram of a multi-mode audio signal decoder,
35 according to an embodiment of the invention. In other words, Fig. 3a shows a basic
decoder signal flow of a reference system (for example, according to working draft 4 of the
USAC draft standard), and Fig. 3b shows a basic decoder signal flow of a proposed system

according to an embodiment of the invention.



An audi o frame encoded in the |inear-prediction-domain node may be
sub-divided into a plurality of sub-franmes, which are sonetines desi gnated
as "framewoo1msh7of the sub-franmes may be encoded eit lpen/EPRoibloes7FLX- LPD
mode or in the ACELP node. Accordingly,,however, in the TCX-LPD node, two
or even four of the sub-franes may be 10 encoded together using a single
set of spectral coefficients describing the transform encoded excitation. A
sub-frame (or a group of two or four sub-frames) encoded in the TCX-LPD

node may The ah@RseHani@dday3 o Wil b@des@rﬁlﬁs@tﬁ@ﬂ taﬁlﬂgfréﬂefeln@éltosl?l%nga gmf aaalormr e
nts Su r.ane

sets of |inea tion-. 15 codi fil

he auct 8XBGAeEH dhE GOBRTSE A HCHERIe T Ty MR Eee AP dn
encoded Aiffttdanexad ttatprovndsItbmaﬂlfoaﬂatldmnmchrdemuneth_sE}.*utstredm to the appropriate
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10 encoded in the different modes and to combine the time domain representation using a

transition windowing.

The frequency-domain path 320 comprises an arithmetic decoder 320a configured to
30  decode the encoded spectral representation 324, to obtain a decoded spectral representation
320b, an inverse quantizer 320d configured to provide an inversely quantized spectral
representation 320e on the basis of the decoded spectral representation 320b, a scaling
320e configured to scale the inversely quantized spectral representation 320d in
dependence on scale factors, to obtain a scaled spectral representation 320f and a (inverse)
35 modified discrete cosine transform 320g for providing a time-domain representation 326

on the basis of the scaled spectral representation 320f.



In the follow ng, the audio signal decoder 360, according to an enbodi nent
of the invention will be described. The audi o signal 360 conprises a bit
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Taking reference now to Fig. 4, the transition windowing 350 will be described in more
20 detail. First of all, the general framing structure of an audio signal decoder 300 will be
described. However, it should be noted that a very similar framing structure with only
minor differences, or even an identical general framing structure, will be used in the other
audio signal encoders or decoders described herein. It should also be noted that audio
frames typically comprise a length of N ‘samples, wherein N may be equal to 2048.
25  Subsequent frames of the audio content may be overlapping by approximately 50%, for
example, by N/2 audio samples. An audio frame may be encoded in the frequency-domain,
such that the N time-domain samples of an audio frame are represented by a set of, for
example, N/2 spectral coefficients. Alternatively, the N time-domain samples of an audio
frame may also be represented by a plurality of, for example, eight sets of, for example,

30 128 spectral coefficients. Accordingly, a higher temporal resolution can be obtained.

If the N time-domain samples of an audio frame are encoded in the frequency-domain
mode using a single set of spectral coefficients, a single window such as, for example, a
so-called “STOP_START ” window, a so-called “AAC Long > window, a so-called “AAC
35  Start ” window, or a so-called “AAC Stop ” window may be applied to window the time
domain samples 326 provided by the inverse modified discrete cosine transform 320g. In
contrast, a plurality of shorter windows, for example of the type “AAC Short , may be
applied to window the time-domain representations obtained using different sets of spectral
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P 25  frequency-domain is represented. At reference numeral 420, a transition from a sub-frame

encoded in the ACELP mode to a frame encoded in the frequency-domain mode is shown.

At reference numeral 430, a transition from. a frame (or a sub-frame) encoded in the TCX-

LPD mode (also designated as “wLPT ” mode) to a frame encoded in the frequency-
domain mode as illustrated. At reference numeral 440, a transition between a frame

30 encoded in the frequency-domain mode and a sub-frame encoded in the ACELP mode is
shown. At reference numeral 450, a transition between sub-frames encoded in the ACELP
mode is shown. At reference numeral 460, a transition from a sub-frame encoded in the
TCX-LPD mode to a sub-frame encoded in the ACELP mode is shown. At reference
numeral 4"70, a transition from a frame encoded in the frequency-domain mode to a sub-

35  frame encoded in the TCX-LPD mode is shown. At reference numeral 480, a transition
| between a sub-frame encoded in the ACELP mode and a sub-frame encoded in the TCX-
LPD mode is shown. At reference numeral 490, a transition between sub-frames encoded

in the mode is shown.



representation, which is perfornmed in the frequency-domain path 370 in
dependence on a scale factor information, effectively brings along a
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noi se-shaping is well-adapted to general” audi o signals such as, for
exanple, 10 nusic signals. In contrast, the scaling and/or
frequency-domai n noi se-shapi ng 380e, which is performed in dependence on
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speech-1i ke audio S|gnals when using the TCX-LPD branch 380 20 I't should
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allagbngcance[latlon mechani sns for transitions between audio franes or

audi 0" sub-franes encoded in the TCX-LPD node and in the ACELP node. Details
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shows a insition between subsequent 35 frames encoded in the
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30 coefficients 394 and to provide, on the basis thereof, a time-domain representation 396 of

an audio sub-frame encoded in the ACELP mode.

The audio signal decoder 360 also comprises a transition windowing 398, which is
configured to apply an appropriate transition windowing to the time-domain
35  representations 376, 386, 396 of the frames and sub-frames encoded in the different modes,

to derive a contiguous audio signal.
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Regarding the functionality of the audio signal decoder 360 it can be said that the
frequency-domain branch 370 and the TCX-LPD branch 380 are very similar in that each
of them comprises a processing chain having an arithmetic decoding, an inverse
30 quantization, a spectrum scaling and an inverse modified-discrete-cosine-transform in the
same processing order. Accordingly, the output signals 376, 386 of the frequency-domain
branch 370 and of the TCX-LPD branch 380 are very similar in that they may both be
‘unfiltered (with the exception of a transition windowing) output signals of the inverse
modified-discrete-cosine-transforms. Accordingly, the time-domain signals 376, 386 are
35  very well-suited for an overlap-and-add operation, wherein a time-domain aliasing-
cancellation is achieved by the overlap-and-add operation. Thus, transitions between an
audio frame encoded in the frequency-domain mode and an audio frame or audio sub-

frame encoded in the TCX-LPD mode can be efficiently performed by a simple overlap-



encoded in the TCX-LPD node (al so designated as WLPT node) to an audio
sub-frame 15 encoded in the ACELP node. As can be seen, tine-domain sanples
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It should be noted that the TCX-LPD branch 380 preferably comprises additional aliasing-

cancellation mechanisms for transitions between audio frames or audio -sub-frames
encoded in the TCX-LPD mode and in the ACELP mode. Details will be described below.

25 3.4 Transition Windowing according to Fig. 5

Fig. 5 shows a graphic representation of an example of an envisioned windowing scheme,
which may be applied in the audio signal decoder 360 or in any other audio signal encoders
and decoders according to the present invention. Fig. 5 represents a windowing.at possible
30  transitions between frames or sub-frames encoded in different of the nodes. Abscissas 502a
to 5021 describe a time in terms of audio samples and ordinates 504a to 504i describe

windows or sub-frames for providing a time-domain representation of an audio content.

A graphical representation at reference numeral 510 shows a transition between subsequent
35  frames encoded in the frequency-domain mode. As can be seen, a time-domain samples
provided for a first right half of a frame (for example, by an inverse modified discrete
cosine transform (MDCT) 320g) are windowed by a right half 512 of a window, which
may, for example, be of window type “AAC Long ” or of window type “AAC Stop ”
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shows t hg, chakiagicaideAhdds isOhbidinkh REAWY REndYRE frofY e SFER-1 PD-mode-encoded

sub-frame and the subsequent frequency-domain-mode-encoded sub-frame. The aliasing-
cancellation is made possible by the execution of the scaling/frequency-domain noise-
shaping 380e before the execution of the inverse MDCT 380h. In other words, the aliasing-
35  cancellation is caused by the fact that both, the inverse MDCT 320g of the frequency-
domain path 370 and the inverse MDCT 380h of the TCX-LPD path 380 are fed with
spectral coefficients to which the noise-shaping has already been applied (for example, in
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25  As can be seen, a forward aliasing-cancellation signal 566 is added at the transition from
the audio frame encoded in the TCX-LPD mode to the audio frame encoded in the ACELP
mode in order to reduce or even eliminate aliasing artifacts. Details regarding the provision

of the aliasing-cancellation signal 566 will be described below.

30 A graphical representation at reference numeral 570 shows a transition from a frame
encoded in the frequency-domain mode to a subsequent frame encoded in the TCX-LPD
mode. Time-domain samples provided by the inverse MDCT 320g of the frequency-
domain branch 370 may be windowed by a window 572 having a comparatively short
right-sided transition slope 573, for example, by a window of type “Stop Start ” or a

35 window of type “AAC Start ”. A time-domain representation provided by the inverse
MDCT 380h of the TCX-LPD branch 380 for the subsequent audio sub-frame encoded in
the TCX-LPD mode may be windowed by a window 574 comprising a comparatively short
left-sided transition slope 575, which window 574 may, for example, be of window type
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ther ?g)f sﬁl)pe 5% aen&% rS%Qrp%ﬁ?a tylongrl;[lpgew1 816 time-domain samples provided by
the ACELP branch, which are represented by the block 582. In addition, an aliasing-
cancellation signal 586 is provided to reduce, or even eliminate,.aliasing artifacts which
occur at the transition from the audio sub-frame encoded in the ACELP mode to the audio
sub-frame encoded in the TCX-LPD mode. Details regarding the prov151on of the aliasing-

20  cancellation signal 586 will be discussed below.

A schematic representation at reference numeral 590 shows a transition from an audio sub-
frame encoded in the TCX-LPD mode to another audio sub-frame encoded in the TCX-
LPD mode. Time-domain samples of a first audio sub-frame encoded in the TCX-LPD

25  mode are windowed using a window 592, which may, for example, be of type “TCX256 ~,
TCXS512 », or “TCX1024 ”, and which may comprise a comparatively short right-sided
transition slope 593. Time-domain audio samples of a second audio sub-frame encoded in
the TCX-LPD mode, which are provided by the inverse MDCT 380h of the TCX-LPD
branch 380 are windowed, for example, using a window 594 which may be of the window

30 type “TCX256 », TCXS512 », or “TCX1024 ” and which may comprise a comparatively
short left-sided transition slope 595. Time-domain samples windowed using the right-sided
transitional slope 593.and time-domain samples windowed using the left-sided transition
slope 595 are overlapped and added by the transitional windowing 398. Accordingly,
aliasing, which is caused by the (inverse) MDCT 380h is reduced, or even eliminated.

35

4. Overview over all Window Types




content. The audi o signal encoder 800 is configured to operate in different
nodes of 15 operation, nanely a frequency-donain node, a
t ransf or woedaduenei t ati on- 1 i near pr edi cti on-donmai n node pamdragy0/065752
al gebr ai c- code-exci ted-1|inear-predictiondomai n node. The audi o si gnal
encoder 800 conprises and encodi ng contfoller 814 which is configured to
sel ect one of the nodes for encoding a portion of the audio content in
dependené tosn fallpayingt &y pearviey of all mandeiyuyresepilbbe mraidesh Fe1 ghisfourprseaudi o
conf _etnt @é_gﬁ{eﬁée glgn néiRlp et@dls@ces, Qghié’lﬁ)%g%@§m erphicel e@?@éhﬂago@foffgﬁé QAN gﬁ’tr ]
quality. audi o sjgnal ,encoder conpri_ses requency- donmi n anc
820 whi cATEEBRES gt B8 chTBGUR s BEOHE LIaet co BN CHIdeET s gAg
encoded sglall evédat lengthS2hjchandy bpequiiad hyengthodddeft-aldedsiangticmsiopt.| Bid on
coeffici 8 1 he [ f 1 i pput 5 represent ati on 810 t he
audi05002?%ﬁ¥{gﬁ%gggﬂé?%agﬁégi éﬁ@%@e?&ébamgﬁgbogpﬁfﬁgs%gﬁgn?ﬁiél%ﬁﬁbranch
850 conf igguarald tho timesdordan enprsskmthtopewhichlis corddwasl bntle 85pcctivacuidéatv.
| i near-p (et i r.are Lashngs | lation
oot 1 o1 g P e T RE iR
audi o conigBhtidedrirangtion §loppgAasoluar Jér deonbes) & Hawsmir the exindew Avet. PLIsr anch
880 whi clolushrcoIsf shg bk @Griphidal Rytadentaibn3dr RO ERpedivAGE B vexci t ati on 882 and
encoigd | i near - prediction-donmain paraneters 884 in dependence on the input
representation 810 of the audio content. The frequency-donmai n branch 820
conpri sex first faveé Hbstaiws-the efaragerasncy e fowaidowodnyer ‘sA G SB8f “wWAisetoridsow
conti gur gy L0 [LAEIKELARGARYS LERESIEMALIRAALO Af iRt QnoROime
content, OF a pre-processed version t Nerdof , and t o prOV|8e, on the basis
t her eof , charhetertisn ey a sondiwmof pe 856X 42 I"oh festh rofv @3desshawdiths charcesmisticsThe
frequencyrdomBbis RifaRGEs 84¢ 1059 €OMRr ¢S85 GaRSY CROBZGAUSII G38NalNR B34,
which_is ﬁonfl qur ed é}o evg{# uat e freqyen(éy nask,w)% effects and/aor tenporal
maskilng EPFTRCEEStSF ¢heé iy dnb@ht, Abhd Loe sixth row 640 shows the
f2011/ 048 thaABREEdistRR W04 @\85&(5}2 og ti6e ﬁ‘A[Ar(D\g%aﬂe,”, e hhﬁvh?ﬁirswt 15y elgxfws thescal e
actor information 6 .describing e f,actors. The frequency-donain
branch 8§Bar3{{§%s%c8r(%ggiwslrécgo“éogtgg%t‘?‘% PBcessor 838 confi gured to receive
t he frequency-domai n representation 832 of the audio content and the scale

factor i MUYt IRNARRIANH0bE PR winddWRABERGEs deReaLRNt 80%ks12 », and
ti me-dependent scal i ng@%&g}(&sﬁ? spectral coeffi mgnts of t

he
freqdBncy &t "raEpp g oided rgpidonydape ob ey Wedew Aifdyrach 6F
i nf or mat isedit Ba tolthe MIPt-Eied BarsRdh&hpkoE GHEREMoW TRy PR ‘DT SEPIT, &i brder &40 of
t he audi olcon%ent . Th fr.egglenc -dorrﬁl n bé‘anh al so co(gprl.sest.a .
quant i zaf'8K/ ﬁ@oHPW@‘FOé‘EPé“ AYPEETEg e RE QVGanRnne andadding imerdARdNyomai n
r epr esentgiresentadds adlomed pesirfeodififiesnt tyes iof atindowsanial aggrefened dimbgdinnendr der

to obt ai : oef fi i . i . 1ihe
oal od { PRHERERAGHRL, SRAGH AlubREh ok UL hindbd 08 BORERaGlichlly

al so2eombefi-sided @veilemiangthsi vay daddeltisgl. swd Benfahgaided trapsitiee slapss hellscal e
factor i RfigddRtyRe B3fheaidnti@l RPiANtided ooaletph%ngm@rﬁa}l bengaticalanigngerled
scal e factor, i nf.ormati on 824. CgélonaLLg, the fre uengg-do i n, branch 820
al so conptded &ansifomn Fiopes angrighiveilerl Srngiton gapss havimg ancidPriifre YiaP 84 Rini ch
may be comyl beiradabted tpradivivd ort 4ie aldsirgstdngeltaioa e flfitlingnthd Swaeditibhe ifentis 826.
The TCX-hﬁB gr%gch_8§%§§qﬁggises a time-domai n-to-frequency-donmain

conver si g GHERAF A % configured to receive the input representation
810 8 the audio content, and

5. Allowed Window Sequences

In the following, allowed window sequences will be described, taking reference to Fig. 7,
which shows a table representation of such allowed windowed sequences. As can be seen
35  from the table of Fig. 7, an audio frame encoded in the frequency-domain mode, the time-
domain samples of which are windowed using a window of type “AAC Stop ”, may be
followed by an audio frame encoded in the frequency-domain mode, the time-domain
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spectrally shaped frequency-domaln Tepresentation 867 and to provide, on
the BYsis t hereof, encoded spectral coefficients 852. The TCX-L, PD branch
850 al so A0aRiid Smeadt iRy sublRdthd ERdddedAe ieONE XA BB thodehh&bd Solleerbiitgur ed
to receive 'tgt? | i near < r.eth(tgl on-do$| n.rgar grre ers 863 an tol g)nrgf)w de, on
the basi URFUBTS ERCIRBa G TELeM B aCds B asanea syaplsal ahichgsa.
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coef BPci ébg TErolPBi made enmbyi mesudie femeopr aethip stbiiane @rodethin thei ACESP
confi gur gghde0 conpute an aliasing error information 871 in dependence on
t he encoded spectral coefficients, as well as in dependence on the input
representation 810 of the audio content. The error conputation 870 may
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T A B R e e
coef fici émthepr@bLBimedeal so conprises an error analysis filtering 874, which
is configured to receive the aliasing error information 871 and the
analysis filter. .configuration informatjon 873a, and to apply an_error
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cont i gur arioyr ey SRERE ARk ARk AR BTl of U0 o mal Shieioada 1o

provi de, on the 30 basis thereof, a frequency-donmain representation 875a of
the filtered aliasing error information 874a. The ali asing-cancell ation
coefficient provision also conprises a quantization/encoding 876 which is
configured to receive the frequency-donmain representation 875a and, to
provi de on the basis thereof, encoded aliasing-cancellation coefficients
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WO 2011/ 048117PCT/ EP2010/ 065752 - 30 - configured to conpute or estimte a
contribution to an aliasing-cancellation which can be derived froman audio
sub- f ranewenendasiirn t he ACELP node which precedes an apdirkpbedmssiencoded
in the TCX-LPD node. The conputation of,fhe ACELP contribution to the

al i asi ng-cancel l ati on may conprise a conputation of a post-ACELP synthesi s,
a 5 w ndowi ng of the post-ACELP synthesis and a folding of the w ndowed
post - ACEEP (s yhtahs performedo phan i émignfr@mnatﬁr@newzsqbergw@iqngodeﬁem the
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al i asi ng-cancel 1 ati on conponents. In the follow ng, the ACELP branch 880
will brigf hidiaesishs3 EUeS®RY acci@nddER §ranch 880 15 conprises a

| i near - predi ction-domal n paranmeter calculation 890 which is configured to
conpute |inear-prediction-domain paraneters 890a on the basis of the input
r epr esenti@itHed®lSdhg0d niule nddia0die @iinaNéncod B 0AGEH P ehieadtivRd 88@ntefftence
conpébsei Fn CELP excitation conputation 892 configured to conpute an
ACELP  ex&{ t'#tfon informati on 892 in dependence on the input representation
810 of the audio content and the linear-prediction- 20 donmain paraneters
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al i asi ngi%aﬁi@félqnatqfdhﬁ gt faicapding2@ortidneof3te endiododtespacdenghdence on
coeffi ci gRiract&idtics bheGRNGAIGHedchBEBA 8PY 6OIhE LLABIRRRI AhIRATRAAEIRASH B4, the
encoggd allggln%-canc%glahlon coefficients 856, the encoded ACELP
exci tat i 8h2gRevableepding SHEAMEY of AMKY-- predi cti on- domai n par aneters 884.
Details regarding the provision of the encoded aliasing-cancell ation
coeffici s. 852 will 35be described below 7. Audio Signal coder .
accor di ngﬂ% oa"\%ilog.“%lal \Rﬁcﬁ%ilg(@ﬁﬁ‘ﬁ%ﬁ E Wﬁ?‘%’(’i‘%}?‘%ﬁn-sbr%’i&’- SEﬁ WH‘@B 18
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the. audi oPLyayy cftnieq FRgLe-RanAck St sshrtn' Bechis 37 e Thih,
Si gnaﬁ desrsessptatign 848 b rths ﬁlgdlf) Ooeqt. ,audigc Higha gncoder 800 also comprises a

TCX-LPD branch 850 configured to provide encoded spectral coefficients 852, encoded

linear-prediction-domain parameters 854 and encoded aliasing-cancellation coefficients
856, in dependence on the input representation 810 of the audio content. The audio signal
decoder 800 also comprises an ACELP branch 880 which is configured to provide an
30  encoded ACELP excitation 882 and encoded linear-prediction-domain parameters 884 in

dependence on the input representation 810 of the audio content.

The frequency-domain branch 820 comprises a time-domain-to-frequency-domain
conversion 830 which is configured to receive the input represeritation 810 of the audio
35 content, or a pre-processed version theréof, and to provide, on the basis thereof, a
frequency-domain representation 832 of the audio content. The frequency-domain branch
820 also comprises a psychoacoustic analysis 834, which is configured to evaluate
frequency masking effects and/or temporal masking effects of the audio content, and to-



5t he above expl anations al so hold. The audi o signal decoder 900 conprises a
bit nmultiplexer 902 which is configured to receive a bitstreamand to
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processing paths. 10 The audio signal dggcoder 900 conprises a
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25 frequency-donmain path al so conprises an inverse

di screte-cosi ne-transformof type IV 927, which is configured to receive
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al i asi ngilcaffeapangyidgmayt repuesantagpry$al cgzqfa%@mramaoqeﬁseéeﬁém@ﬁéé dhereof.

synt hesi s\dcbldir@dly,NGe csg@cftifau prRREDT 386 GrovsCh spdcBally @Mapéa%wo@ 88y BF hgsi s

filter conmputatipn 927d, to, obt resut of sis filtering,
the ali adiAG YOI LI FRIASD] a&ﬁaaé@z%o e Pé‘i/ﬁ“toﬁ%%sf“i VFTSI“{”e%ngFWEFtO&t fon
927d pr odiplesietidecors yit liszir-prddidtioardonoed bhaherds 8927Ehd mcatepe[r)d&m &30 t he

| i neat- pr.edi d [ ved r

from FI nggfg C%E“ ?@est erﬁ bzlr%gm?encé)r aﬁe%ég{r]vsvg'fg 1p¥%r\lt/%|e d{ n't éhwe gqet %}Fqn@lrﬁ for a
frame encbaied fraquernve- drm)e-m_ F&Drmd@tlomﬁﬂ ard @ frovide, g heibdgd theneof hencadEl P
mode (or sARYaPecRGHgknd0 s%gchm neex: EPBd'tﬁEﬁd‘B“ s%@n%gb PESATELE! %?\other

2011/ 0481 PCT/ EP2010/ 06575 - Accordingly, the synthesjs tering
927b is GHPYIFREOYENGIAHR &@%g“’l?lﬁ'é I&PP%M@ é‘hﬁ%fél"lea‘thiedﬁle§57wteﬁ@§P§ demgital

929a, whi @ﬁnmafs B63 efdlto/ploeiile, 610 tHeMRisia|thadsd M BreCABSRId! mieapﬁreaﬁéﬂbmgmﬁmm gnal
522 ovvn i n 98%‘? or to the aliasi ng- cancel | ati on synt hesi s signal 542
7.

sho |npﬁ’iaa1€te§ 2 TCX-LPD Path In the follow ng, the TCX-LPD path of
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of the auc%o content of the current audio frame. The frequency domain branch 910 also,
optionally, comprises a combining 925, which is configured to combine the time-domain
representation 924a with an aliasing-cancellation synthesis signal 929a, to obtain the time-
domain representation 918. However, in some other embodiments-the combining 925 may
be omitted, such that the time-domain representation 924a is provided as the time-domain

representation 918 of the audio content.

In order to provide the aliasing-cancellation synthesis signal 929a, the frequehcy-domain
path comprises a decoding 926a, which provides decoded aliasing-cancellation coefficients
926b, on the basis of the encoded aliasing-cancellation coefficients 916, and a scaling 926¢
of aliasing-cancellation coefficients, which provides scaled aliasing-cancellation
coefficients 926d on the basis of the decoded aliasing-cancellation coefficients 926b. The
frequency-domain path also comprises an inverse discrete-cosine-transform of type IV
927, which is configured to receive the scaled aliasing-cancellation coefficients 926d, and
to provide, on the basis thereof, an aliasing-cancellation stimulus signal 927a, which is
input into a synthesis filtering 927b. The synthesis filtering 927b is configured to perform a
synthesis filtering operation on the basis of the aliasing-cancellation stimulus signal 927a
and in dependence on synthesis filtering coefficients 927c, which are provided by a
synthesis filter computation 927d, to obtain, as a result of the synthesis filtering, the
aliasing-cancellation signal 929a. The synthesis filter computation 927d provides the
synthesis filter coefficients 927c in dependence on the linear-prediction-domain
parameters, which may be derived, for example, from linear-prediction-domain parameters
provided in the bitstream for a frame encoded in the TCX-LPD mode, or for a frame
provided in the ACELP mode (or may be equal to such l.inear-prediction—domain
parameters).
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1. may be applied to the inversely quantized spectral coefficients 942a to obtain noise-filled
spectral coefficients. The inversely quantized and noise-filled spectral coefficient 943a
may also be designated with r[i]. The 1nversely quantized and noise-filled spectral
coefficients 943a, r[i] may be processed by a spectrum de-shaping 944, to obtain spectrum
25 de-shaped spectral coefficients 944a, which are also sometimes designated with r[i]. A
scaling 945 may be configured as a frequency-domain noise shaping 945. In the frequency-
domain noise-shaping 945, a spectrally shaped set of spectral coefficients 945a are
obtained, which are also designated with rrfi]. In the frequency-domain noise-shaping 945,
contributions of the spectrally de-shaped spectral coefficients 944a onto the spectrally
30  shaped spectral coefficients 945a are determined by frequency-domain noise-shaping
parameters 945b, which are provided by a frequency-domain noise-shaping parameter
provision which will be discussed in the following. By means of the frequency-domain
noise-shaping 945, spectral coefficients of the spectrally de-shaped set of spectral
coefficients 944a are given a comparatively large weight, if a frequency-domain response
35  of alinear-prediction filter described by the linear-prediction-domain parameters 934 takes
a comparatively small value for the frequency associated with the respective spectral
coefficient (out of the set 944a of spectral coefficients) under consideration. In contrast, a
spectral coefficient out of the set 944a of spectral coefficient is given a comparatively
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variabl e-length binary code as indicated in the last colum of Table 2.
8.1.6 F ﬁ%te_rﬁgi%gs%gr%ﬁ)%g/r?tﬁlesr{sagisgnco:r)’nSprises a processing of the frequency-domain noise-
shaping parameters 945b, which will be described in the following. For the purpose of
providing the frequency-domain noise-shaping parameters 945b, the main signal synthesis
20 940 comprises a decoding 950, which provides decoded linear-prediction-domain
parameters 950a on the basis of the encoded linear-prediction-domain parameters 934. The
decoded linear-prediction-domain parameters may, for example, take the form of a first set
LPC1 of decoded linear-prediction-domain parameters and a second set LPC2 of linear-
prediction-domain parameters. The first set LPCl of the linear-prediction-domain
25  parameters may, for example, be associated with a left-sided transition of a frame or sub-
frame encoded in the TCX-LPD mode, and the second set LPC2 of linear-prediction-
domain parameters may be associated with a right-sided transition of the TCX-LPD
encoded audio frame or audio sub-frame. The decoded linear-prediction-domain
parameters are fed into a spectrum computation 951, which provides a frequency-domain
30 representation of an impulse response defined by the linear-prediction-domain -parameters
950a. For example, separate sets of frequency-domain coefficients Xo[k] may be provided
for the first set LPC1 and for the second set LPC2 of decoded linear-prediction-domain

parameters 950.

35 A gain computation 952 maps the spectral values Xo[k] onto gain values, wherein a first set
of -gain values g;[k] is associated with the first set LPC1 of spectral coefficients and
wherein a second set of gain values gy[k] is associated with the second set LPC2 of spectral

coefficients. For example, the gain values may be inversely proportional to a magnitude of
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20 shaping 962 may be performed in a similar manner to the spectrum de-shaping 944, which
shall be described in more detail below. The gain-scaled and spectrum de-shaped aliasing-
cancellation coefficients 962a are input into an inverse discrete-cosine-transform of type
IV, which is designated with reference numeral 963, and which provides an aliasing-
cancellation stimulus signal 963a as a result of the inverse-discrete-cosine-transform which

25 is performed on the basis of the gain-scaled spectrally de-shaped aliasing-cancellation
coefficients 962a. A synthesis filtering 964 receives the aliasing-cancellation stimulus
signal 963a and provides a first forward aliasing-cancellation sYnthesis signal 964a by
synthesis filtering the aliasing-cancellation stimulus signal 963a using a synthesis filter
configured in dependence on synthesis filter coefficients 965a, which are provided by the

30  synthesis filter computation 965 in dependence on the linear-prediction-domain parameters
LPC1, LPC2. Details regarding the synthesis filtering 964 and the computation of the
synthesis filter coefficients 965a will be described below.

The first aliasing-cancellation synthesis signal 964a is consequently based on the aliasing-
35  cancellation coefficients 936 as well as on the linear-prediction-domain-parameters. A
good consistency between the aliasing-cancellation synthesis signal 964a and the time-
domain répresentation 940a of the audio content is reached by applying the same scaling
factor g both in the provision of the time-domain representation 940a of the audio content
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domain representation 940a of the audio content and in the provision of the aliasing-

cancellation synthesis signal 964,

The TCX-LPD branch 930 further comprises a provision of additional aliasing-cancellation
synthesis signals 973a, 976a in dependence on a preceding ACELP frame or sub-frame.
This computation 970 of an ACELP contribution to the aliasing-cancellation is configured
to receive ACELP information such as, for example a time-domain representation 986

10 provided by the ACELP branch 980 and/or a content of an ACELP synthesis filter. The
computation 970 of the ACELP contribution to aliasing-cancellation comprises a
computation 971 of a post-ACELP synthesis 971a, a windowing 972 of the post-ACELP
synthesis 971a and a folding 973 of the post-ACELP synthesis 972a. Accordingly, a
windowed and folded post-ACELP synthesis 973a is obtained by the folding of the

15 windowed post-ACELP synthesis 972a. In'addition, the computation 970 of an ACELP
contribution to the aliasing cancellation also comprises a computation 975 of a zero-input
response, which may be computed for a synthesis filter used for synthesizing a time-
domain representation of a previous ACELP sub-frame, wherein the initial state of said
syntheéis filter may be equal to the state of the ACELP synthesis filter at the end of the

20 previous ACELP sub-frame. Accordingly, a zero-input response 975a is obtained, to which
a windowing 976 is applied in order to obtain a windowed zero-input response 976a.
Further details regarding the provision of the windowed zero-input response 976a will be
described below.

25  Finally, a combining 978 is performed to combine the time-domain representation 940a of
the audio content, the first forward-aliasing-cancellation synthesis signal 964a, the second
forward—ai.iasing-cancellation synthesis signal 973a and the third forward-aliasing-
cancellation synthesis signal 976a. Accordingly, the time-domain representation 938 of the
audio frame or audio sub-frame encoded in the TCX-LPD mode is provided as a result of

30  the combining 978, as will be described in more detail below.

7.3 ACELP Path

In the following, the ACELP branch 980 of the audio signal decoder 900 will briefly be
35  described. The ACELP branch 980 comprises a decoding 988 of the encoded ACELP
excitation 982, to obtain a decoded ACELP excitation 988a. Subsequently, an excitation
signal computation and post-processing 989 of the excitation are performed to obtain a
post-processed excitation signal 989a. The ACELP branch 980 comprises a decoding 990
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from t he ZeGPmBBIREG ct or M the Voronoi extension vector v (a lattice point
in RE8) and '

10 Finally, a combining 996 is performed in order to obtain the time-domain representation

918 of an audio frame encoded in the frequency-domain mode, the time-domain
representation 938 of an audio frame encoded in the TCX-LPD mode, and the time-domain
representation 986 of an audio frame encoded in the ACELP mode, to obtain a time-
domain representation 998 of the audio content.

15 |
Further details will be described in the following.

8. Encoder and Decoder Details

20 8.1 LPC Filter

8.1.1 Tool Description

In the following, details regarding the encoding and decoding using linear-prediction
25  coding filter coefficients will be described.

In the ACELP mode, transmitted parameters include LPC filters 984, adaptive and fixed-
codebook indices 982, adaptive and fixed-codebook gains 982.

30  In the TCX mode, transmitted parameters include LPC filters 934, energy parameters, and
quantization indices 932 of MDCT coefficients. This section describes the decoding of the

LPC filters, for example of the LPC filter coefficients a, to ajs, 950a, 990a.

8.1.2 Definitions

35
In the following, some definitions will be given.
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The bitstream parameter “qn k ” describes a binary code associated with the corresponding

10 codebook numbers ny.

8.1.3 Number of LPC Filters

The actual number of LPC filters “nb_lIpc ” which are encoded within the bitstream

15 depends on the ACELP/TCX mode combination of the superframe, wherein a super frame
may be identical to a frame comprising a plurality of sub-frames. The ACELP/TCX mode
combination is extracted from the field “Ipd mode ” which in turn determines the coding
modes, “mod[k] ” for k=0 to 3, for each of the 4 frames (also designated as sub-frames)
composing the superframe. The mode value is 0 for ACELP, 1 for short TCX (256

20 samples), 2 for medium size TCX (512 samples), 3 for long TCX (1024 samples). It should
be noted here that the bitstream parameter “Ipd_mode ” which may be considered as a bit-
field “mode ™ defines the coding modes for each of the four frames within the one
superframe of the linear-prediction-domain channel stream (which corresponds to one
frequency-domain mode audio frame such as, for example, an advanced-audio-coding

25  frame or an AAC frame). The coding modes are stored in an array “mod[] ” and take
values from 0 to 3. The mapping from the bitstream parameter “LPD_mode ™ to the array
“mod[] ” can be determined from table 7.

Regarding the array “mod[0. . .3] ” it can be said that the array “mod[] ” indicates the
30  respective coding modes in each frame. For details reference is made to table 8, which
describes the coding modes indicated by the array “mod[].

In addition to the 1 to 4 LPC filters of the superframe, an optional LPC filter LPCO is
transmitted for the first super-frame of each segment encoded using the LPD core codec.
35  Thisis indicated to the LPC decoding procedure by a flag “first Ipd flag * set to 1.



where LSFIst is the 1St stage LSF approximation and Wis a scaling factor
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| Rhe decoding 990, is performed as described in Fig. 13. The LPC filters are quantized using

the line-spectral-frequency (LSF) representation. A first-stage approximation is first

computed as described in section 8.1.6. An optional algebraic vector quantized (AVQ)
15 refinement 1330 is then calculated as described in section 8.1.7. The quantized LSF vector
is reconstructed by adding 1350 the first-stage approximation and the inverse-weighted
AVQ contribution 13.42, The presence of an AVQ reﬁnement.depends on the actual
quantization mode of the LPC filter, as explained in section8.1.5. The inverse-quantized
LSF vector is later on converted into a vector of LSP (line spectral pair) parameters, then

20  interpolated and converted again into LPC parameters.

8.1.5 Decoding of the LPC guantization mode

In the following, the decoding of the LPC quantization mode will be described, which may
25  be part of the decoding 950 of or the decoding 990.

LPC4 is always quantized using an absolute quantization approach. The other LPC filters
can be quantized using either an absolute quantization approach, or one of several relative
quantization approaches. For these LPC filters, the first information extracted from the
- 30 bitstream is the quantization mode. This information is denoted “mode_Ipe ” and is

signaled in the bitstream using a variable-length binary code as indicated in the last column
of Table 2.

8.1.6 First-stage approximation

35

For each LPC filter, the quantization mode determines how the first-stage approximation
of Fig. 13 is computed. '
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LPC4 gltérzconstitutes the first-stage approximation. For LPCI, there are two possible
relative quantization modes, one where the inverse-quantized LPC2 constitutes the first-
10 stage approximation, the other for which the average between the inverse-quantized LPCO
and LPC2 filters constitutes the first-stage approximation. As all other operations related to
LPC quantization, computation of the first-stage approximation is done in the line spectal
frequency (LSF) domain.

15 8.1.7 AVQ refinement

8.1.7.1 General

The next information extracted from the bitstream is related to the AVQ refinement needed
20 to build the inverse-quantized LSF vector. The only exception is for LPCI: the bitstream
contains no AVQ refinement when this filter is encoded relatively to (LPCO+LPC2)/2.

The AVQ is based on the 8-dimensional REs lattice vector quantizer used to quantize the
spectrum in TCX modes in AMR-WB+. Decoding the LPC filters involves decoding the
25  two 8-dimensional sub-vectors Ek , k=1 and 2, of the weighted residual LSF vector.

The AVQ information for these two subvectors is extracted from the bitstream. It
comprises two encoded codebook numbers “qml ” and “qn2 ”, and the corresponding
AVQ indices. These parameters are decoded as follows.

30

8.1.7.2 Decoding of codebook numbers

The first parameters extracted from the bitstream in order to decode the AVQ refinement
are the two codebook numbers »;, k=1 and 2, for each of the two subvectors mentioned
35 above. The way the codebook numbers are encoded depends on the LPC filter (LPCO to
LPC4) and on its quantization mode (absolute or relative). As shown in Table 3, there are

four different ways to encode #y. The details on the codes used for »; are given below.
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Qs — the code for ny 1s 10
Others: the code for n; is 11 followed by:
Q5 -0
Qs — 10
10 00— 110
07— 1110
Os — 11110

etc.

15  nymode 1;
The codebook number #; is encoded as a unary code qnk, as follows:

(o — unary code for n; is 0

(J> — unary code for ny is 10

Q3 — unary code for n; is 110
20 Qs — unary code for n; is 1110

ete.

n; mode 2:
The codebook number #; is encoded as a variable length code qnk, as follows:
25 (O, — the code for n; 1s 00

(O3 — the code for n; 1s 01
Q4 — the code for n; is 10

Others: the code for 7 is 11 followed by:




This is directly derived fromthe equation A(z) = (Faz) + .F(z)) | 2, and
considering the fact that F11(z) and F.(z) are symmetric and asymmetric
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al i asi ng-cancel | ati on nmechani snms, which will subsequently be described. WO
2011/ 048117PCT/ EP201G6066%5752 - 46 - 8.2.1 Definitions In the follow ng,
sone definitions will be provided. 5The bitstream el enent "nean_energy "
descri bes the quanti Zed»>riBan excitation energy per frane. The bitstream

el ement "acb index[sfr] "indicates the adaptive codebook index for each
sub-frame. The bitstgpeamiebenent "Itp filtering flag[sfr] "is an adaptive
codebook excitation filtering 10 flag. The bitstream el emrent
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bi t st r eadlel-dddespdingphAVE EMiges"  15reference is made to table 5. 8.2.2
Setting of the ACELP excitation buffer using the past FD synthesis and LPCO
In the follow ng, an optionpal initialization of e ACELP excitation buffer
will be Qﬁca@gé(ﬁ?%ﬁ? W T HVARYgS Bﬁogéngtg? ﬁ%&bw i{gwaé%metg@ scrifing &k of a
transi ti goadftrethstve@oAGELHT, the heighast residaalt B8H oectdf Redalluhax) eaahdbldcdkeBbuf f er
ot Shrt s SRR sPRS, EMRMASKZ S HLRR' S Do SRIAEtR%,! i Post

decoder:

a) the codebook number #;, transmitted using an entropy code “qmk ” as

described above;

15 b)  the rank I; of a selected lattice point z in a so-called base codebook, which
indicates what permutation has to be applied to a specific leader to obtain a

lattice point z;
¢) and, if the quantized block ék (a lattice point) was not in the base codebook,

the 8 indices of the Voronoi extension index vector k; from the Voronoi

20 extension indices, an extension vector v can be computed. The number of bits
in each component of index vector k is given by the extension order r, which
can be obtained from the code value of index n;. The scaling factor M of the

Voronoi extension is given by M =2",

25  Then, from the scaling factor M, the Voronoi extension vector v (a lattice point in REs) and
the lattice point z in the base codebook (alsb a lattice point in RE3), each quantized scaled
block Bk can be computed as:

~

B, =Mz+v.

When there is no Voronoi extension (i.e. n, < 5, M=1 and z=0), the base codebook is either
30  codebook Qy, Oa, O3 or Q4 from M. Xie and J.-P. Adoul, “Embedded algebraic vector
quantization (EAVQ) with application to wideband audio coding, “IEEE International
Conference on Acoustics, Speech, and Signal Processing (ICASSP), Atlanta, GA, USA,
vol. 1, pp. 240-243, 1996. No bits are then required to transmit vector k. Otherwise, when



(including FAC) and LPCO (i.e. the LPC filter coefficients of the filter
coefficient set 25LPCO) prior to the decoding of the ACELP excitation. For
this the WwD28ymiubasSi s i s pre- enphasized by appl yi ng t hecprep2@opbsrst s
filter (1- 0.68z -1) , and the result ézcopled to (n). The resulting
pre-enphasi zed synthesis is then filtered by the analysis filter 21(z)
using LPCO to obtain the excitation signal g%o . 308. 2.3 Decodi ng of CELP
exci t at i ofprefoitenenpiodés wigd eeauserds, i is largcrnm @@noﬂhegewthﬁﬁmdﬁe@@W§lsts
of the a daptive d b vectors.
cach sub rFiher istred B84 BESTR IR ThRETRRN oBlhs" L TCuBREETTRE FERIEI g
st eps: 3®uﬁﬁervﬁt®nmation required to decode the CELP |nfornat|on may be
consi dered as the encoded ACELP excitation 982. It should al so be noted

t hat the deCOolng of, th CELP excitation may be performed by the bl ocks
988, 989 8ok fhampeiaiion gt hadyFargehts wp 2011/ 048117PCT/ EP20107 065752 - 47 -
8.2.3.1 Decoding of adaptlve codebook excitation, in dependence on the

Cnden) TR hE Rer e vl Srrlgd ﬁﬁa%é@%??%ni%pé%?ﬁ? LEREAETPARY g

The i ni tiAaVQadargidatien eedebook excitation vector v '(n) is found by
interpolating the past excitatiop u(n) 4at the itch del ay and phase
(fraction) using an FIR interpoVQkupngyﬁff' # adaptlve codebook
excitation is conputed for the sub-fr i ze of 64 sanpl es. The received
adaptove witH:t er i ndex (ltpfiltering_flag[]) is then used to deci de whether
t he fiItered adapti ve codeboow Essmgf) = v '(n) or v(n) = 0.18v '(n) +
0.64v '(n - 1) + 0.18v '(n - % -2, §ﬂaﬂpgcod|ng of innovation codebook
excitation using the bltstreanleL§q9@ LS#U% index[d " The received
al gebrai ¢ codebook index is used xtrac e p05|t|ons and anplitudes
20(signs) of the excitation pulses and to find the al gebraic codevector

c(n). Th%heireng}’]st is the 1* stage LSF approximation and W is a scaling factor which depends
on the quantization mode (Table 4).

15  The corresponding inverse weighting 1340 is applied at the decoder to retrieve the
quantized residual LSF vector.

8.1.7.5 Reconstruction.of the inverse-quantized LSF vector

20 The inverse-quantized LSF vector is obtained by, first, concatenating the two AVQ
refinement subvectors EI and l;’z decoded as explained in sections 8.1.7.2 and 8.1.7.3 to
form one single weighted residual LSF vector, then, applying to this weighted residual LSF
vector the inverse of the weights computed as explained in section 8.1.7.4 to form the
residual LSF vector, and then again, adding this residual LSF vector to the first-stage

25  approximation computed as in section 8.1.6.

8.1.8 Reordering of Quantized LSFs

Inverse-quantized LSFs are reordered and a minimum distance between adjacent LSFs of

30 50 Hzis introduced before they are used.

8.1.9 Conversion into LSP parameters




c(n) =s.6(n - n,) where m and s , are the pul se positions and signs and M
is the nunber of pulses. 250nce the al gebraic codevector c(n) is decoded, a
pi tch shawpenimgsarocedure is perfornmed. First the c (npcirgpbidoiossed by a
pre-enphasis filter defined as follows: Fe,nph(z)=1 -0 3 z-1 The
pre-enphasis filter has the role to rediice the excitation energy at |ow
frequenci es. 30Next, a periodicity enhancenent is perforned by neans of an
adaptive T;hc envferdet granipation preqedwrsfdgscrivad s ifaymesidt iimég sesof LAC ﬂaarramcteﬂﬁ m( T, 64)

Fp (2 the ESF(d]oni"anQ @fécZLFSFl ard t}%n%v@r@éﬂi b the: cddine @AM Elﬁggl /0 T7h562 ]

0.85z-r )|f 011/048117PCT/
- where K¢ ?%Onc‘ﬁe %‘@E)w'?’r aﬁv |n]c§e‘9(‘ﬂ€ ﬁ%:bemg\?@f?l)ne sperdrahHesusngies L )r ounded
versi on of the |nteger part To and fractional part To,frac of the pitch Iag

and |§ i, frac > 2 Tootherwi se 5 The adaptive
pre-filter—F Coror st e Spec! by danping inter-harnonic frequencies,
whi ch are annoying to the human ear in case of voiced signals. 8.2.3.3
Decodi ng a

b1 5t rouRC 00T RGEL P /B | (P AT ROGROANy 97, TPC, ARESbLES0ne 1 he

direct|yepd @ﬁutm’eﬁamhes érdamitﬁ@é esde boerrolgtipm igHsed tarfwtztlh@ dlffﬁl@dt Gberetvook
gai n cor Legf isQp-ffaafd @F phrt of aldW®-tdm@d4 INERLHAKAGRLP fiatnd HERub-frame). The
10 interpolation is performed between the LPC filter corresponding to the end of the previous
frame (or_sub—frame)and the LPC filter corresponding to the end of the (current) ACELP

frame. Let LSP"™ be the new available LSP vector and LSP® the previously available
LSP vector. The interpolated LSP vectors for the N, =4 sub-frames are given by

LSP, = (0.875 = ——)LSP*® +(0.125 + ——)LSP"" for i=0,..,N, —1
for N sfr .
15  The interpolated LSP vectors are used to compute a different LP filter at each sub-frame
using the LSP to LP conversion method described in below.

8.1.11 LSP to LP Conversion

20  For each sub-frame, the interpolated LSP coefficients are converted into LP filter
coefficients ay, 950a, 990a, which are used for synthesizing the reconstructed signal in the
sub-frame. By definition, the LSPs of a 16™ order LP filter are the roots of the two

polynomials

25 F ()= A(z)+z77 Az™")

and
Fy(z)= A(z) -z A(z™")

which can be expressed as

30
Fi(2)=(1+z")F(2)

and
Fy(z)=(-z")F,(2)

35  with
F (z)= H(I—Zq,-z—l+z“2)

i=13,....15



conputed by nultiplying the gain correction factor by an estimted fixed

codebook gain. 15The estimated fi xed-codebook gain g', is found as foll ows.
First, theoavewagazi nnovation energy is found by r 1 N pcEEPZMObEys2 Cc2(1)
20 Then the estimated gain G, in dBisyfound by G = E - E, where E is

t he decoded nean excitation energy per frame. The nean innovative
excitation 25energy in a frame, E, is encoded with 2 bits per frane (18,
30, 42 or 54 as "mean_energy ". The prediction gain in the linear
domain is given by 30g cl =_100.05G = 1 00.05(E-E;) The quantized
fi xed- codebookfgaim (gizgen +oy’) WD 2011/ 048117PCT/ EP2010/ 065752 - 49 -
8.2.3.4 Conputing the--reconstructed excitation The follow ng steps are for
n=20, ..., 63. The total excitation is constructed by: u' (n) = pv(n) +
,c(n) 5where c(n) is the codevector fromthe fixed-codebook after filtering
it through¥hé- Agdpt i wéb Bredhe L5 &in the gpsinaremain @lsosellgshL SPyAAk convegsion i s
used bo updaé &M bemaarit aihe A DISHAIAR! LUBLGAALRO He:) TRE /BKST Ak By onal
a

u'(n) is_the ost - processed as, described in the next section to obtain
t he post-eﬁp%%ﬁ%gége e"%BPtEOAFi g‘??@i E%Wm&(ﬁ’f geddzed anAeinfeipelatcdf LbRe The
synt hesi dollowingrreciirsh¢@ Jelatibl is used to compute F(z):

for i=1 to 8§
FH@y==2q,, /ii-1)+2/(-2)
for j=i-1 down to 1
LD =1UN=-2q, 0 G-D+ /3 -2)
end
end

10 with initial values f1(0) = 1 and £i(-1) = 0. The coefficients of Fy(z) are computed similarly
by replacing g2, by g3

Once the coefficients of F(z) and Fy(z) are found, Fi(z) and Fy(z) is multiplied by 14z
and 1z, respectively, to obtain F"(z) and F'y(z); that is

15
O =10+ £G-D, i=1..8
LO=fH0-fE-D, i=1,..8
Finally, the LP coefficients are computed from #7(i) and /”,(i) by
0 _[05fih+05£0), i=1,.8
" 05AAT-D-05£07-0), i=9,.16
This is directly derived from the equation A(z) = (F{(z)+ F;(z))/2, and considering the
fact that F(z) and F;(z) are symmetric and asymmetric polynomials, respectively.
8.2.ACELP
25

In the following, some details regarding the processing performed by the ACELP branch
980 of the audio signal decoder 900 will be explained to facilitate the understanding of the
aliasing-cancellation mechanisms, which will subsequently be described.



8.3 Excitation Post-processing 8.3.1 CGeneral 15In the follow ng, the
excitation signal post-processing wll be described, which nmay be perforned
at bl ock W8%o11loasather words, for signal synthesis a postTmrecie®si7ey of
excitation el ements may be perfornmed as,follows. 8.3.2 Gain Snoothing for
Noi se Enhancenent 20 A nonlinear gain snoothing technique is applied to the
fi xed-codebook gain g ¢ in order to enhance excitation in noise. Based on
the st abi83-4{eHRHINS| ci ng of the speech segnent, the gain of the

fi xed- codebook vector is snmoothed in order to reduce fluctuation in the

f. t.h itati in. .of st at.i [ l's. This i th
por o marld 1ESUE T eBENRbnd not se. The vl ci ng factor I

given by X =0 .5(1-r v) with 30 r, =- Ec)1l(Ev+ E, ), where Ev and Ec are
t he e@er%ﬁ%%ﬁﬁﬁeéﬁgmﬁgﬁlﬁ?aﬁté&ﬁgfgﬁg%ﬁﬁ&ﬂke%ﬂ%nﬁ%@hﬁgn%Q&&MQB%R% per
codevector, respectively (r, —gives a neasure ‘of signal perio |c[(§¥ . Note
t hat si ndemedhgbitsirasen efement Tasbpadeudeln] ~ indigatks the adptivakedebepk Mdex foret ween
0 and 1. Notguhahethe factor 2, is WO 2011/048117PCT/ EP2010/ 065752 --50 -
related to the anount of unvoicing with a value of 0 for purely voiced
segnents and a value of 1 for purely unvoi ced segnents. A stability

factor O The iR ednaseth GieBnd ifRERNGE iNMBASIHHEVOEIIBEsK EtetaBsl AkaMg LP
|5flel éﬁr ts aﬂﬁiggli“ﬁé bgg%é%a%%rggmg‘lébs__h{(ﬁ:lxFs%r‘]a'd ig(%cegtgs? thle‘ci'xllznoc\lfla 1<t)na CodebobR ndex 'forThe

IS
each sub-frame. The bitstream element “gains[sfr] ” describes quantized gains of the

adaptive codebook and innovation codebook contribution to the excitation.

Moreover, for details regarding the encoding of the bitstream element “mean_energy ”,

15  reference is made to table 5.

8.2.2 Setting of the ACELP excitation buffer using the past FD synthesis and LPCO

In the following, an optional initialization of the ACELP ekcitation buffer will be
20 described, which may be performed by a block 990b.

In case of a transition from FD to ACELP, the past excitation buffer u(»n) and the buffer
containing the past pre-emphasized synthesis $(») are updated using the past FD synthesis
(including FAC) and LPCO (i.e. the LPC filter coefficients of the filter coefficient set

25 LPCO) prior to the decoding of the ACELP excitation. For this the FD synthesis is pre-
emphasized by applying the pre-emphasis filter (1-0.68z7"), and the result is copied to

§(n). The resulting pre-emphasized synthesis is then filtered by the analysis filter A(2)
using LPCO to obtain the excitation signal u(n).

30 8.2.3 Decoding of CELP excitation

If the mode in a frame is a CELP mode, the excitation consists of the addition of scaled
adaptive codebook and fixed codebook vectors. In each sub-frame, the excitation is
constructed by repeating the following steps:

35
The information required to decode the CELP information may be considered as the
encoded ACELP excitation 982. It should also be noted that the decoding of the CELP
excitation may be performed by the blocks 988, 989 of the ACELP branch 980.



142 ISF', -(.11 i(P)) i=0 10where f, are the ISFs in the present franme, and
,f(P) are the ISFs in the past frane. The stability factor Qs given by 0 =
1.25 - | SRto@b11/04¢036000 Constrai ned by 01 15The | SF di st ocEpI®@sEE7S2 | S
smaller in case of stable signals. As the value of O is inversely rel ated
to the | SF distance neasure, then | arger values of 0O correspond to nore
stabl e signals. The gain-snoothing factor Sn, is given by Sm = 20The val ue
of Sm approaches 1 for unvoiced and stable signals, which is the case of

st ati onagy. hackaodiupdf adi ke sb@MAbIs exdi@fioPUh ekyendeh@ash ik gigtdm Semb&r

unst abl e.si,gnal s,, .t he value of Sm approaches 0. An initial nodified gain go
i's conmpu % © aring the fixedcodebook gain g to a threshold given by

the initial nodified gain fromthe previous sub-frame, g. If k is larger or
equal cto b r emen [ 5boun ed by
gol f ?( i g% grrllg 06(9?’ htc}? lg&r)r(p%latd%gtwey Cg&s O%ﬁﬁécﬁ%g‘ CB‘i/Sé(fl q%r%r}ggﬁ S ﬁ e%erb %1 5 dB
constralﬁ@dﬂb@lg@ﬁ%pfﬂwlﬂﬁmlaﬁlnaIIy the gain is updated mnth t he val ue of

t he snoot hed gain as foll ows 30k" SgO + (1- S",)k, 8.3.3 Pitch Enhancer WO
2011/ 048117PCT/ EP2010/ 065752 -51 - A pitch enhancer schene nodifies the
total exdi¢dnitighadantivp O@erqOKt@mtﬁgm Feetqr W ed- is daesb bk iigmolaing dhe thastough
an i nnovakdi@ifioh iulA)ek theR&R dEl§ aHE PRase (BSRRAT BsiBIRNER Respditoigder
freq$§n0|es and reduces the energy of the |ow frequency portion of the

i nnovative codevector, and whose coefficients are related to the

peri odi ciThy aﬁapttvl&e:oﬁbl@%ﬁl exchatfdnl is@omplited for the sub-frame size of 64 samples. The

received adaptive filter index (Itp_filtering_flag[]) is then used to decide whether the
filtered adaptive codebook is v(n) = v’'(n) or v(n) = 0.18v’(n) + 0.64v’(n — 1) + 0.18v'(n —
2).

15

8.2.3.2 Decoding of innovation codebook excitation using the bitstream element

“icb_index{] ™

The received algebrai¢ codebook index is used to extract the positions and amplitudes

20 (signs) of the excitation pulses and to find the algebraic codevector ¢(n). That is
M-1
c(n) = Z 5;6(n—m,)
i=0

where m; and s; are the pulse positions and signs and M is the number of pulses.
25  Once the algebraic codevector c(n) is decoded, a pitch sharpening procedure is performed.

First the c(n) is filtered by a pre-emphasis filter defined as follows:

Fomp(2)=1-0.3 2
The pre-emphasis filter has the role to reduce the excitation energy at low frequencies.
30  Next, a periodicity enhancement is performed by means of an adaptive pre-filter with a

transfer function defined as:

1 if n < min(T,64)
F(z)=4 (1+ 0.85z7") if T <64and T < n < min(2T,64)
1/(1-0.85z7") if 2T <64and 2T < n < 64



5 the form-1 = -c z +1- ¢ Finno(z)pepez is used where cp, =
0.125(1 +r ") , withr , being a periodicity factor given by r, = (E v -
Ec) 1(E, ﬂNEthaﬁsﬂescribed above. The filtered fixed- cogdelhmphooosesector is
given by 10 ¢’ (n) = c(n) - c pe(c(n + %g + ¢ (n -1)) and the updated

post - processed excitation is given by u(n) = 15The above procedure can be
done in one step by updating the excitation 989a, u(n) as follows u(n) =
v(n) +c(ﬁ)here”hséh‘( @u@-,ﬁramell X (.- 53&)'f)ndZ(‘.’)@r@lTﬂﬁlhf%ﬁ%V%tﬁl@nPdﬁﬁ”te—lpﬁeg‘tfess| ng
I'n the fehtoweRdfradthtmasydtt NEsi & the lz)f[t&flh@gn@@]gn%ﬂ%yt he post-processing 992
will be described. 8.4.1 General 5 The LP synthesis is perfornmed by
filtering the post-processed excitation signal 989a u(n) through the LP
synthesis filter Id 1 (#Yos.ThE interpolated LP filter per sub-frame is used
in the LP synt'he i g fibieniigg the reconstructed signal in a sub-frame is

gi ven by 16 30(n) = u(n)y(n - 1i),n =0, ,63 WO

2011/ 948117PCT/ EP2010/ 065752

The adaptive pre-filter F,(z) colors the spectrum by damping inter-harmonic frequencies,

which are annoying to the human ear in case of voiced signals.

8.2.3.3 Decoding of adaptive and innovative codebook gains, described by the bitstream

10 element “gains[] ”

The received 7-bit index per sub-frame diréctly provides the adaptive codebook gain g,
and the fixed-codebook gain correction factor y. The fixed codebook gain is then

computed by multiplying the gain correction factor by an estimated fixed codebook gain.
15 The estimated fixed-codebook gain g’ is found as follows. First, the average innovation

energy is found by

= IOlog( Zc (z)]
20 Then the estimated gain G'. in dB is found by
G, =E-E

where E is the decoded mean excitation energy per frame. The mean innovative excitation
25 energy in a frame, E, is encoded with 2 bits per frame (18, 30, 42 or 54 dB) as

“mean_energy .

The prediction gain in the linear domain is given by
30 g; — 100.050'(_, — 100.05(5—5,-)

The quantized fixed-codebook gain is given by

35



- 52 - 8.4.2 Post-processing of the synthesis signal After LP synthesis,
the reconstructed signal is post-processed using | owfrequency pitch
enhancemend.2ofivastiand deconposition is used and adapti vecfidgre@niosgst S
applied only to the 5l ower band. This results in a total post-processing,
that is nostly targeted at frequencies hear the first harnonics of the
synt hesi zed speech signal. The signal is processed in tw branches. In the
hi gher bRaath Gorwugiag ditagceisneipd excitption ered by a hi gh-pass filter to
produce the higher band signal sH 1In the | ower branch, the decoded signal
is first r%c?ss,ed throuc};h an adaptive pitch enhancer, and then filtered
t hrough 41 191994e plaRsareilpi T O o Bbt Hicrohexditgiest Isisandruskstypr ocessed
signal sLEF. The post-processed 'deecageth)signal i s obtained by adding the
| ower _ban ost - processed signal, apd the highe nd signal. The object of
t he p?tcl‘i"q‘égﬂﬁﬁ)cgrtg‘? ST GO OBt b hsa Lo SMPHER e AdSRbted
si gnal , phi-filer Bzachheewadtatien eighyl a’)(;t)i ismisvart@'iulpgathitmseadsntéﬂgl %femqevddﬁlbt(ij\&b )
transfer o) 5.a& Z). 1-.@). +, - zT + - 7z T 22 an scrj be y the
ol 1 ows nge LA Shd LBRuh el 7 o) gy Bpiipedicl 7 o3f0EF I TREFH )
section to obtain the post-processed excitation signal u(rn) used at the input of the synthesis

filter 1/4(z).

10

8.3 Excitation Post-processing

8.3.1General

15 In the following, the excitation signal post-processing will be described, which may be
performed at block 989. In other words, for signal synthesis a post-processing of excitation
elements may be performed as follows.

8.3.2 Gain Smoothing for Noise Enhancement

20 | '
A nonlinear gain smoothing technique is applied to the fixed-codebook gain g, in order to
enhance excitation in noise. Based on the stability and voicing of the speech segment, the
gain of the fixed-codebook vector is smoothed in order to reduce fluctuation in the energy
of the excitation in case of stationary signals. This improves the performance in case of

25  stationary background noise. The voicing factor is given by
A =0.5(1-r)

with
30
vy = (Ev - EC)/(EV + EC):

where Ev and Ec are the energies of the scaled pitch codevector and scaled innovation
codevector, respectively (r, gives a measure of signal periodicity) . Note that since the

35  value of r, is between —1 and 1, the value of A is between 0 and 1. Note that the factor A is



where a is a coefficient that controls the inter-harnonic attenuation, T is
the pitch period of the input signal ..(n), and sLE(n) is the output signal
of the piwohoamhsgncer. Paraneters T and a vary with ti mpcambr@n@cgsyen by
the pitch tracking nodule. Wth a valuespt a = 0.5, 25 the gain of the
filter is exactly O at frequencies 1/(27),3/(27), 5/(2T), etc.; i.e. at the

m dpoi nt n ic frequencies 1/ T 3/ T, 5/ T, etc. Wen

appr oac he%ﬁg%@@hgggﬁ%ﬁég? {&ggOIBlggmelenatW el bt B‘geér %QiﬁecdéﬁFgBV“fsh@ Flter
decr easesvalue ofiofog pufeinenviokred segrmergs.ocessi ng to the | ow frequency region,

t he enhanced signal sLE is | ow 30pass filtered to produce the signal SLEF
whi ch isc/gddag?g].to the high-pass filtered signal sH to obtain the

post - pro ¥ fAttRE & 1§ compiad kmgsed on andistnee measirg depraso dbieradiaeendi Mal ent
to that deisesilee Bboaeor SisusREABIRNISH diflnat @8ashhie TRESTF itdicohs %@fﬁ
filtering., This is achieved by representing the post-processed sigha

SE(fl) 3 ’n the z-domain as WD 2011/ 048117PCT/ EP2010/ 065752 - 53 - S (z) =
S (z) - aS (z)PLT (z)H11, (z) where PLT(z) is the transfer function of the

| ong-tel mpredictor fjlter given by 5(z) =1 - 0 .52z - and HLp(z) is the
transfer funct ijgpdofséma 1 gwypass filter. Thus, the post-processing is
equi val ent to subtra&ing t'he scaled | ow pass filtered |ong- 10term error

signal fromthe synthesis signal g(n). The value T is given by the received
cl osed-1oop pitch lag in each sub-frame (the fractional pitch | ag rounded
to tHé neshesy, dratlegtiPs. inAhsipnpbe fraras ldnd o osreche ¢RI Mietlbr goubl THg s

per f or med. i, tehe, i zed pitch correlation at delay T/2 is larger than
0.95 then athey% v(glngiesr%%zbsls used as the new pitch lag for post-processing.

6 =1.25-1ISF,, /400000 Constrained by 0 < < 1

15 The ISF distance measure is smaller in case of stable signals. As the value of &1is inversely
related to the ISF distance measure, then larger values of € correspond to more stable
signals. The gain-smoothing factor S,, is given by

S, =A8

m

20 The value of S, approaches 1 for unvoiced and stable signals, which is the case of
stationary background noise signals. For purely voiced signals, or for unstable signals, the
value of S, approaches 0. An initial modified gain gy is computed by comparing the fixed-
codebook gain g. to a threshold given by the initial modified gain from the previous sub-
frame, g_. If & is larger or equal to g_;, then gy is computed by decrementing g, by 1.5 dB

25  bounded by gy > g.,. If g is smaller than g, then g, is computed by incrementing g. by
1.5 dB constrained by gy < g_;.

Finally, the gain is updated with the value of the smoothed gain as follows

30 gAsc:SmgO—'}_(l_Sm)gA—c

8.3.3 Pitch Enhancer




The factor a is given by a = 0.51, constrained to 0 a < 0.5 20 where k is

t he decoded pitch gain. Note that in TCX node and during frequency donain
codi ng theovalmasnl a is set to zero. A linear phase Fl Rcirouwepamnsshrlter
with 25 coefficients is used, with a cut;off frequency at 255Fs/ 256 kHz
(the filter delay is 12 sanples). 8.5 MXT based TCX In the
follow ng, the MDCT based TCX will be described in detail, which is

per f or med\ byclgenhahesr seliemesingdifies yriotabexicgatdarou Gf) yHd teTigthePixdsk-ensiehod30.
8.5. 1 Tok:idRRa! thRIugRhinVWAGHV&iBE Mick SiHB8 MY A dRb§onSOEBPRRIRS thd Righgual to
1, which indicates tggg t he encoding 35 is ggde usi ng . . .

| i near - prEdretgEn2bieduseh dharBeiey sof Hid It headreYo POTHIP e the MNOVAWe TCX
nodes i s co@dwetoptardiswhii® cokffftamts @t adliatdi tonhé perridicity @ade Rgnall. A filtonef of

t he 45arrﬁ entries of nod[] is greater than O, the MDCT based TCX tool is
used. > Thé %&ﬁﬁ’based WO 2011/ 048117PCT/ EP2010/ 065752 - 54 - TCX receives
the quanti zed spectral coefficients 941a fromthe arithnmetic decoder 941.
The quanti zed coeff}pi r¥§_§41§1£9r2gm i nversely quantized version 942a
thereof) are first ¢ féiedwﬁy a Bonfort noise (noise filling 943). LPC
based frequency-domai n noi se shaping 945 is then applied to the resulting

spectral i¢&ld Waeenl,s=WBB(( o, R WIREE! bdhg ¥ [RodieRNIREEH YiRESbHON, F44R —
thereof%éfﬂ an_inverse trfg?gor%Péi%Q 94? is perforned to ?et t he

ti me- donmdichUeynfnas fescabghaove4 By, tilisred Bxq9spqdiPRakaindevastan 1Y #¥F BY | owi ng,
soneldefinitions will be provided. The variable "1g " descri bes a nunber of
quanti zed spectral(ggthbqunygopugpu{nbm)the arithmetic decoder. The
bitstream el ement "noi se factor " describes a noise |evel quantization

i ndex. The variable "noise level " describes a level of noise injected in a
r econst r @af & wisleted e PrypRssedaaXCHIcE 1S gBieBdY] " descri bes a vector of
generated noi se. The bitstream el enent "global _gain "describes a re- 15
scal ing gai n quanti L i .. Jhe variable "g " describes a re-scaling
gain. The variabIeZ&?%s%ﬂthggﬁfégs a root nmean square of the synthesized

time-domain signal, x[]. The variable "x[] "describes a synthesized
t i me-ldomdihe ahogagirocedure can be done in one step by updating the excitation 989a, u(n) as

follows
u(n) =g, v(n)+ g on) - g.c,(cn+1)+c(n-1)

20 8.4 Synthesis and Post-processing

In the following, the synthesis filtering 991 and the post-processing 992 will be described.

8.4.1 General

25
The LP synthesis is performed by filtering the post-processed excitation signal 989a u(n)
through the LP synthesis filter //4(z). The interpolated LP filter per sub-frame is used in
the LP synthesis filtering the reconstructed signal in a sub-frame is given by
16
30 s(my=u(m)-Y as(n-i), n=0,.,63
i=l

The synthesized signal is then de-emphasized by filtering through the filter 1/(1-0.68z™"
(inverse of the pre-emphasis filter applied at the encoder input).



8. 5.3 Decodi ng Process 20 The MDCT-based TCX requests fromthe arithnetic
decoder 941 a nunber of quantized spectral coefficients, 1g, which is
det er mi negiohyivdaenimod[] val ue. This value (l1g) al so def ipaesrrdie/ ovd78HoW

| ength and shape which will be applied é? t he inverse MDCT. The w ndow,

whi ch may be applied during or after the“inverse MDCT 946, is conposed of
25 three parts, a Ieft side overlap of L sanples, a mddle part of ones of
M sanpl es: L AR os-nrpesssing o thespnthagis sighal R sanpl es. To obtain an MDCT w ndow
of Iength 2*1g, ZL zeros are added on the left and ZR zeros on the right
side. In of a transition from or to a SHORT W NDOW the correspondi ng
overl ap g[np ByrghesR, ARy resardrucisdpagnag du et PrRsesses usigolpeirequsnaiaith t o

t hg shor te@hanveme@WT: Wo%d%cdrﬁ@sﬁ%uygdméﬁaﬁgve@ﬂf&%gg@ﬂ;ﬂli}éd Bg? C}B@lﬂi‘ 82 M
t n | e e
el &0 d0uHBRRE ThBATla P hofpis B Do G horT i N hgerde NDCT

946 or f okchohe figst hwendmoesarfsiee Mﬁtﬁlésﬁé«ﬁ spdesh gigrdn by WO 2011/ 048117
PCT/ EPZOWe%@g%ZF% proé?sed n t\go fb?e[ncl%l ﬁ‘l‘the hth%L Nanchl‘gxe-lgiebcl)‘éedzslf na Rfiltered

by a high-pass filter to produce the higher band signal sy. In the lower branch, the decoded

signal is first processed through an adaptive pitch enhancer, and then filtered through a
10 low-pass filter to obtain the lower band post-processed signal s;zr. The post-processed
decoded signal is obtained by adding the lower band post-processed signal and the higher
band signal. The object of the pitch enhancer is to reduce the inter-harmonic noise in the
decoded signal, which is achieved here by a time-varying linear filter with a transfer

function
15
a r & 7
H =(l-a)+—z' +—
(2)=(1-a) 5 z 5 z
and described by the following equation:
A O a .
20 s (n)=1-a)s(n) +Es(n -+ a—s(n +7)

where « is a coefficient that controls the inter-harmonic attenuation, 7 is the pitch period
of the input signal §(rn), and s.£(n) is the output signal of the pitch enhancer. Parameters T
and « vary with time and are given by the pitch tracking module. With a value of a = 0.5,

25 the gain of the filter is exactly 0 at frequencies 1/(27),3/(2T), 5/(27T), etc.; i.e. at the mid-
point between the harmonic frequencies 1/7, 3/7, 5/T, etc. When « approaches 0, the
attenuation between the harmonics produced by the filter decreases.

To confine the post-processing to the low frequency region, the enhanced signal s,z is low
30  pass filtered to produce the signal s;z+ which is added to the high-pass filtered signal sy to

obtain the post-processed synthesis signal s¢.

An alternative procedure equivalent to that described above is used which eliminates the
need to high-pass filtering. This is achieved by representing the post-processed signal sz(n)
35  inthe z-domain as



ZL_n<ZL+L Wn) = for ZL+L_n<ZL+L+M WSIN RIGH Il ?(n-ZL-L-M for
ZL+L+Mh<ZL+L+M+R O for ZL+L+MH Rn<2lg Table 6 shows a number of spectral
coef fi ci ewbomg4guiuncti on of nod[]. 5The quantized speetralr2@00tf7/sEi ent's,
quant[] 94la, delivered by the arithnmetic decoder 941, or the inversely
gquanti zed spect ral coefficients 942a, are optionally conpleted by a confort

noi se (noi se I n 43 The of the injected noise is determ ned by
t he decoded v fl(é)ng(%m%%(z?gcf@?%aéz)foI | ows:

where P;7(z) is the transfer function of the long-term predictor filter given by

5 P, (z2)=1-05z" -0.5z7"
and Hyp(z) is the transfer function of the low-pass filter.

Thus, the post-processing is equivalent to subtracting the scaled low-pass filtered long-

10 term error signal from the synthesis signal §(n).

The value T is given by the received closed-loop pitch lag in each sub-frame (the fractional

pitch lag rounded to the nearest integer). A simple tracking for checking pitch doubling is

performed. If the normalized pitch correlation at delay T/2 is larger than 0.95 then the
15 value T/2 is used as the new pitch lag for post-processing.

The factor « is given 'by

a=0.5g, constrainedto 0 <a <0.5

20
where ¢, is the decoded pitch gain.

Note that in TCX mode and during frequency domain coding the value of « is set to zero.
A linear phase FIR low-pass filter with 25 coefficients is used, with a cut-off frequency at
25  5Fs/256 kHz (the filter delay is 12 samples).

8.5 MDCT based TCX

In the following, the MDCT based TCX will be described in detail, which is performed by
30 the main signal synthesis 940 of the TXC-LPD branch 930.

8.5.1 Tool description

When the bitstream variable “core_mode  is equal to 1, which indicates that the encoding
35 is made using linear-prediction-domain parameters, and when one or more of the three
TCX modes is selected as the “linear prediction-domain > coding, i.e. one of the 4 array
entries of mod[] is greater than 0, the MDCT based TCX tool is used. The MDCT based



10noi se | evel = 0.0625*(8-noise_factor) A noise vector, noise[], is then
conputed using a random function, random _sign(), delivering randomy the
val ue -1 wo 2¢iliy048an0i se[i] = random si gn(rnoi se_| evel ; Poe/mpo@nioli7sand

noi se[] vectors are conbined to formt h§: reconstructed spectral
coefficients vector, r[] 942a, in a way Zif'hat the runs of 8 consecutive
zeros in quant[] are replaced by the conponents of noise[]. A run of 8
non- zer osl (GX ecwtetes she duandizod dpengrat coethieieaef Wl mitam the hifithinetie deorder 9%1[ 0, 19/
6[ m n( I linveld

[0, 5. 1o/ A R A e et b e B e PR 28 trcqih ke oot
rii. nmcgmpiqteq Py rq popfost poige dReIss ]ﬁ%@g@m d&Cabassd clreqnsnededemnaipi rm;seg44 i s
opt i onal Isjap@bied then bp ﬁlefdet@Ql%i‘é’sﬂﬁiﬂ@%gi@%kééiﬂb@ﬂt@@@ﬁ?@ﬁQbﬁ&trﬁﬂ’y Hbe

ener oy BTG REIR C1RaRGF AR 8 BUR A0 P daie A TBIU B Boet R aral

bl ock of thdiemtidostairgyattesis sghalt H@aspect rum 2. conpute: the ratio
Rmesqrt (Emf Ed, where | is the block index with the nmaxi num val ue of all Em

53. if Rx0.1, then set Rne0.1
8.5.2 Definitions

10 In the following, some definitions will be provided. The variable “lg > describes a number

of quantized spectral coefficients output by the arithmetic decoder. The bitstream element

k3l

“noise_factor ” describes a noise level quantization index. The variable “noise level ”

describes a level of noise injected in a reconstructed spectrum. The variable “noise[]
describes a vector of generated noise. The bitstream element “global gain ™ describes a re-

13 23

15  scaling gain quantization index. The variable “g ” describes a re-scaling gain. The variable

rms 7 describes a root mean square of the synthesized time-domain signal, x[]. The

variable “x[] ” describes a synthesized time-domain signal.

8.5.3 Decoding Process

20
The MDCT-based TCX requests from the arithmetic decoder 941 a number of quantized
spectral coefficients, lg, which is determined by the mod[] value. This value (Ig) also
defines the window length and shape which will be applied in the inverse MDCT. The
window, which may be applied during or-after the inverse MDCT 946, is composed of

25  three parts, a left side overlap of L samples, a middle part of ones of M samples and a right
overlap part of R samples. To obtain an MDCT window of length 2*1g, ZL zeros are added
on the left and ZR zeros on the right side. In case of a transition from or to a
SHORT WINDOW, the corresponding overlap region L or R may need to be reduced to
128 in order to adapt to the shorter window slope of the SHORT WINDOW.

30  Consequently the region M and the corresponding zero region ZL or ZR may need to be

expanded by 64 samples each.

The MDCT window, which may be applied during the inverse MDCT 946 or following the
inverse MDCT 946, is given by
35



4. if R,<Rm.i, then set Rm=R -1 Each 8-di nensional bl ock bel onging to
the first quarter of spectrumare then multiplied by the factor Rm

Accor di ngvp,2otinasapectral Iy de-shaped spectral coeffici ecrerddacase
10obtai ned. Prior to applying the inverge MDCT 946, the two quantized LPC
filters LPC1, LPC2 (each of which nmay be described by filter coefficients

al to alO) corresponding,to both extremty of the block (i.e. the left
and right folding points) are retrie({(/)red (bl ock @%%Mhelr 15 wei ght ed

versions are conputied, .andntié)corr ¢epondi ng décimaﬂ?da£64 p?in%ﬁ, what ever
the transfgpmlength) spectrums 95la,are cgﬁggég%xgg Qg 1). ese
%‘Igcﬁz ng 0 +ﬁT (

wei ght ed ectruns 951a are conputed by applying an odd discrete
Fourier transf oy _twrt e £PcltiM) erfocoddfi kirdhtss 980 L AM ol ex

modul ation is applied topthe LPC cog@;icieg£$lgg&qusgpggﬁ%ing the CDFT so
that the ODFT frequency bins (used in the spectrum 20 conputation 951) are

perfectly aligned with the MDCT frequency bins (of the inverse MDCT 946).

For exanplable ¢ eowiei irhidl ok BeceXNioRERichisReChhMBOT aoff. @ given LPC filter
A(z) (defined, for exanple, by tinme-domain filter coefficients al to al6)

is computed as follows: M-1 --2ickn XO[k] =x ,[n]e Mn=0 25with x[n]=
W n] e 5M iTherquehgigedapeeral tdefbicfentspguanq] 9&Ta, H3liversd B4 the arithmetic decoder 941,
or the inversely quantized spectral coefficients 942a, are optionally completed by a
comfort noise (noise filling 943). The level of the injected noise is determined by the

decoded variable noise factor as follows:
10 noise_level = 0.0625*(8-noise_factor)

A noise vector, noise[], is then computed using a random function, random_sign(),
delivering randomly the value -1 or +1.

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

The quant[] and noise[] vectors are combined to form the reconstructed spectral
coefficients vector, r{] 942a, in a way that the runs of 8 consecutive zeros in quant[] are

replaced by the components of noise[]. A run of 8 non-zeros are detected according to the
20  formula: '

ri[i]=1 forie[0,lg/6[
min(7.lg-8]i /8 |-1)
Allg6+i1= > |quantlg/6+8)i/8 |+ k]

k=0

|2

forie[0,5.1g/ 6]

One obtains the reconstructed spectrum 943a as follows:
25
) noise[i] if ri[i]=0
rlil= :
quant[i] otherwise

A spectrum de-shaping 944 is optionally applied to the reconstructed spectrum 943a
according to the following steps:
30



where -6)[n], n =0 ...Ipc _order +1, are the (tinme-domain) coefficients of
the weighted LPC filter given by: 30W (z) = ;4(z / ) with rl = 0.92 The
gai ns g[ kiwo2b@4gan be cal cul ated fromthe spectral represarb@bioesysXo[ K],
951a of the LPC coefficients according §)< V\D 2011/ 048117PCT/ EP2010/ 065752
- 57 - 9[k] =1 VkEO,...,M-1} X o[k]% o[ k] where M=64 is the nunber of
bands in which the cal cuI at ed gains are applied. Let 1 [K] and g2[ k],

k=0. . 63, be @kdlaedhsrenegy Pe dptst 3@#@%’%&%%@%@“@5%@% Q@hygto t he

left and ri ghtdimehdém@ bRk BF the MR iafEr @sh@g@k@hrﬂed above. The inverse FDNS

operation 945 consis infilte he recan ctedsectr mrl[i], 944a
ugl ng the r CLfPE]WE&‘I 18Re RI’"r FT”'%En”EE’ where (i3 & s}k‘}[liﬂf’ell? frde Q]W‘thﬂ@ maximugry
where a[i] andableidfallFbb are derlved fromthe left and right gains gl [K],
gZ[k] 952a4 usj 9. b? JLHZ’ gali]l = 2.91[k].g2[k] / (gl [k]+g2[k]), b[i]
(gz K] - gl[kpQ % [k) In the above, the variable k is
equal to i/¢1gl645R%0t %Ik@t&nf mgonsi deration the fact that the 20 LPC
spectruns are deC| mat ed. The reconstructed spectrumrr[], 945a is fed in an
i nverse QéDCT The non-w ndowed outPut si gnal, xl], 946a is re-scaled
h

by the g Sgdmﬁa%lawé%f)%bemgm\i@rt&f’e ﬁha‘ﬁﬁrtezaf SRsAUTm arq theg aegtilpd iyl obal
gai n "indeX:ifactor R, Accordingly, the spectrally de-shaped spectral coefficients 944a are

10  obtained.

Prior to applying the inverse MDCT 946, the two quantized LPC filters LPC1, LPC2 (each
of which may be described by filter coefficients a; to ajg) corresponding to both extremity
of the MDCT block (i.e. the left and right folding points) are retrieved (block 950), their

15 weighted versions are computed, and the corresponding decimated (64 points, whatever the
transform length) spectrums 951a are computed (block 951). These weighted LPC
spectrums 951a are computed by applying an ODFT (odd discrete Fourier transform) to the
LPC filter coefficients 950a. A complex modulation is applied to the LPC coefficients
before computing the ODFT so that the ODFT frequency bins (used in the spectrum

20 computation 951) are perfectly aligned with the MDCT frequency bins (of the inverse
MDCT 946). For example, the weighted LPC synthesis spectrum 951a of a given LPC
filter A(z) (defined, for example, by time-domain filter coefficients a; to a;e) is computed
as follows:

2rk

M- Ak
X [k] =Zx [nle ™
n=0

!

25 with

x [n] = ﬁ/[n]e_jﬁn if0<n<lpc_order+1
0 iflpc_order +1<n< M

where W[n],n=0...[pc _order +1, are the (time-domain) coefficients of the weighted
LPC filter given by:

30 W(z)=A(z/y,) withy, =0.92

The gains g{k] 952a can be calculated from the spectral representation Xo[k], 951a of the
LPC coefficients according to:




| Oght hal gain /28 g= 2. rms where rns is calculated as: 399/ 2-1 X
2 [i] i=lg/l 2 L+MtR The rescal ed synthesi zed tinme-donmain signal 940a is
t hen equakot0il/m@sii]. g WO 2011/ 048117PCT/ EP2010/ 065752CT/EPR010/06§75ET
resealing, the wi ndow ng and overlap add-is applied, for exanple, in the
bl ock 978. The reconstructed TCX syntheSis x(n) 938 is then optionally
filtered through the pre- 5 enphasis filter (1- 0.68z ) . The resulting
pre-enphasi zed synthesis is then filtered by the analysis filter A(z) in
order to o@gjgl thé excita igfn siﬁ{\%nal. The cal cul ated excitation updates
t he ACELF®4da Xv[g]rﬁgggbgo SdNd--dYI"dws switching from TCX to ACELP in a
subsequent frane’ ignal is finally reconstructed by de-enphasi zing the
pre- enphasi zed synt hesis by applying the filterl/(1-0.68z-' ), Note
are int ated in a sub-frane

hat e AL AP B TR S B e S e
frameSlength (wthout the overlap): 256, 512 or 1024 sanples for the nod[]
of 1,2 o B FRRPERH Y& k=0...63, be the decimated LPC spectrums  corresponding
respectively to the left and right folding points computed as explained above. The inverse
FDNS operation 945 consists in filtering the reconstructed spectrum r[i], 944a using the
recursive filter:
10 ‘
rr{i] = afi]-r[i]+b[i]-rr[i-1], i=0. . .lg,
where a[i] and b[i], 945b are derived from the left and right gains gl1[k], g2[k], 952a using
the formulas:
15 _
ali] = 2.glfk]-g2[k] / (g1[k]+g2[k]),
b[i] = (g2[k]-gl[k]) / (g1 [k]+g2[k]).

In the above, the variable k is equal to i/(1g/64) to take into consideration the fact that the
20 LPC spectrums are decimated.

The reconstructed spectrum rr[], 945a is fed in an inverse MDCT 946. The non-windowed
output signal, x[], 946a, is re-scaled by the gain, g, obtained by an inverse quantization of
the decoded “global_gain ” index:

25

1 Oglohal _gainl28

2-rms

where rms is calculated as:
3*1g/ 21

2 xl]

i=lg/2

L+M+R’

Fms =

30

The rescaled synthesized time-domain signal 940a is then equal to:

x, [i]=x[i]-g



158. 6 Forward Aliasing-Cancellation (FAC) Tool 8.6.1 Forward

Al'i asi ng- Cancel | ation Tool Description The follow ng describes

f or war d- avbasimmgsnancel l-ati on (FAC) operations which arecz2@ppenfessed
during transitions between ACELP and transformcoding (TC) (for exanple, in
the frequency-domai n node or in the TCX-LPD node) in order to get the fina
synthesis signal. The goal of FACis to cancel the tine-domain aliasing

i ntroduced by TC and whi ch cannot be cancelled by the precedi ng or

fol | owi N\ fACK Ralidga . wihies ®inghad Boéd Hraddfis dfplieaclod eesn e tipvisibcd 9y and
short bl ocks (frequency-domain node) as well as MDCT- 25 based TCX ( TCX- LPD
node). Fig. 10 represents the different internediate signals which are
conput ed Tiha eeastrutted diiiXisynthhes x(map3 & yntheesomiosalgn diltefedr thtdigh TiGe fyrane. | n

the exanghphafionier tihe JiG-fyr. qTH'@rc(sﬁﬁfnﬁg%@-@mpﬁas1z%df55/ﬁt'ff€swlg?tger{3ﬁﬁ&g@g yki the
frequency-domai n node or in the mode) 30 is both preceded and

f ol | owed 2BYYHR TACELA(# r Bnerder fapbiin dheg eéﬁatlmsﬁ@snal | hhe picYpisdrexstaiion (an
ACELP f r%g&atép Heozﬁoengyadggqe éJE'i@Ech(“EndTQ stamchﬂ{ ff%%k% R@ELFan rame

fol |l oned he -requi red sigmals are conput

Taki ng réﬂ%ﬁe%"é’é freme; Jhelegﬂ%ws £waBsoeﬁewreswu9t@ér by rfe-emphasizing the ‘pre-

f or war d- ahipassirag- centlossis| hy |applngj the36ber 1t ovsgted, Nutertkatnthetarshoisl dltére
noteg t hat he f or war d- % i asi ng %ncellatlon will be performed by the

b ookl o8BSI A5h BIeTBEsted A I HETRAETO 70 WO |
2011/ 048117PCT/ EP2010/ 065752 - 59 - In the gr aphi cal representation of the

f or war d- - C ti adi Fig.
10, "absec LS H A Rhe B O SO WhATRGEE BB ek Tt R MIWRLR, (7,
sanpl es. thowrigphate 518424 0esmnlesdor thefraedihel, &IOi‘ ase¢smectoghcel | ation
synthesis signal, for exanple, in terns of an anplitude. An ordinate 1042b
descr | be i.gnal r.e reseTthg coded audi o content, for exanple, an
ACEL sym&wﬁﬁmmwl ng frame out put signal. An

ordi nate 1042c descri bes ACELP contributions to an aliasing-cancellation
such as, 8f EEXA \@aggel\glggln ggl sl j mpul se response and a w ndowed

and fol deu™ X d descri bes a synthesis signal
in an original domsu n. 10 As can be seen a forward-aliasing-cancellation

synt hesi g13i @fhwi Cé%%sér?oegr R)Mﬂdalpatsmg Eﬁrﬁ:@ﬁéﬁdnogFAC?r% epﬁlo%'d{vﬂxcfnr gee 1010

encoded in the A P node to the audi 0 frame enco in the TCX-LPD
mode 20 Th@CHBHR dirte; EiHgns Betwsméﬂ%|ewt§égmf0ﬁr@§0§ln§|(aﬁa|(f01@5@npl§ in
plr ovi ded tllwfraqpelnl yy- ﬂgrntalhanédm@he&hé TDX-Lengﬂggde%ﬂ oadwlh t@iget the final synthesis

al i asi ng-can atlo u n a c |s

o so” BERAC he Fhu AR b TR uR RSt ar e e Bhoke RISELC 3 Shidme
synt hesi samndttbercan@élted |bgz|tbmpsec@cﬁﬁgpr Whilosting reCHleht framd. Herentha nsgdn bPTC of

| i near - p&&&ﬁ&%d\%ﬁo %”é%ﬁr acks (hf?&ge{?w %1§£1a§1°:§5«§é) Hs§iPas SDHERN Pe

seen in Tion
f or wap d- @B$®§sT¢P§(E§KcIeF1qudGh synt hesi s signal 1050 may be a non-zero-input
response provided by the synthesis fllterlng 964 for a non- 20 zero

al i asi ng-cancel | ati on stinulus sig 963 ver, the

f or war d- al§-a rﬁ@féa%ﬁhﬁéff?%?fl@g}tﬁm@% signglsayh lqv_i%@e cgmpyted dprgrdes & olyain

fzelr o-i npuﬂhe ﬁaslpgnﬁ}&sﬁos’xgnamrforlﬂﬁ()bc frdthe Ninniky dx@mpleostiotkex tli)ey T@&aﬁw‘(tfdnesi S
ilterin

for a ortion,of. the aliasin ncell
i gnal - o@3a P8 e Trd Rkl PR SRR BRT G B T D
si gndD 16Sbotheyewdeag rid Bllawed by zer SCERBUtame dpomsel 0p 6 rand dA3Q)0 50 theasttiera
Zer o-1 NPihgeq (an ACELP frame followed by more than one TC frame, or more than one TC frame

followed by an ACELP frame) only the required signals are computed.

Taking reference to Fig. 10 now, an overview over the forward-aliasing-cancellation will
35  be provided, wherein it should be noted that the forward-aliasing-cancellation will be
performed by the blocks 960, 961, 962, 963, 964, 965 and 970.




25 response portion 1050b. It should be noted that the
forward-aliasing-cancell ati on synthesis signal 1050, nay preferably be
provi ded wo 2bhw4abasi s of the set LPCl1 of |inear-predi ct ipomd®o®iones752
paranmeters, which is related to the tra§1§|t|on bet ween the frame or
sub-frame 1010, and the franme or sub-frame 1020. Moreover, another forward
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is provided by an inverse DCT IV, 963 on the basis of the aliasing-cancellation
coefficients. It should be noted that the provision of the forward aliasing-cancellation

synthesis signal 1054 may be based on a set of linear-prediction-domain parameters LPC2,

35 which are associated to the transition between the frame or sub-frame 1020 and the

subsequent frame or sub-frame 1030.
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Finally, the transform coding frame output the signal 1050a, which may equal to a

20 windowed version of the time-domain representation 940a, as combined with the forward
aliasing-cancellation synthesis signals 1052, 1054, and the additional ACELP contributions
1060, 1062 to the aliasing-cancellation.

8.6.2 Definitions

25
In the following, some definitions will be provided. The bitstream element “fac gain >
describes a 7-bit gain index. The bitstream element “nq[i] ” describes a codebook number.
the syntax element “FAC[i] ” describes forward aliasing-cancellation data. The variable
“fac_length ” describes a length of a forward aliasing-cancellation transform, which may
30 be equal to 64 for transitions from and to a window of type
“EIGHT_SHORT_SEQUENCES ” and which may be 128 otherwise. The variable

“use_gain ” indicates the use of explicit gain information.

8.6.3 Decoding Process

35
In the following, the decoding process will be described. For this purpose, the different

steps will briefly be summarized.



To conmpute the FAC synthesis signal 964a, the initial menory of the

wei ghted synthesis filter 964 is set to O 5-For transitions from ACELP, the
FAC synt heeie1g4gnal 1050 is further extended by appendipog/irb@&on6s762 | nput
response (ZI'R) 1050b of the weighted sy&t_hesi s filter (128 sanples) 6. In
the case of transitions from ACELP, conpute the w ndowed past ACELP
10synthesis 972a, fold it (for exanple, to obtain the signal 973a or to the
signal 1060) dMgodidVibpiremetges (MasHd®BH ZI R signal (for exanple, the signal
976a or the signal 1062). The ZIR response is conmputed using LPCL. The

1551 e[ nif ac. englI AL AEPTAE MGG EdATTH (B2 S BR5ER VEctor Uiy ¢ he
w ndow appl i ed t qAW@) tdbRusifer thteatstdpdof F@Gitengéde]saction=8.0). . . fac
| ength-1, 20 \/\herPeor§;(§1e[ @A&%agsfgyrggng{h,of a sine cycle: sine[n] =

th)), n =0 "". '

sin(n*n/ (2*fac_l eng Z2*fac_length-1. 25The resulting signal
is represented onolA sedebaik iumter gq[ille earudled @ping ednakiicdhenatCEdde cont ri buti on

(si gnal contri but 478 cH08RondABPAC dats AHBLY NEEAE SR ASR3 £A642, 1050 (and
9 976a, 1060,

t he ACELP contri bution 973a 62 in the1 case of transitions

from ACELP) to th& Fectpr dmClilwipe s -faspleagiBntse dhesefores extragteq biyomn tey g.

10) (or to a w ndpug&amer sion of the tine-domain representation 940a) in
ordeq to obtain the synthesis signal 998 (which is represented as line (d)
in Fi%. 10). 8.7 Forward Aliasing-Cancellation (FAC) encoding process 35 In
t he fol | @w ng,Adye gaiatfaitbisg toetyaFdithdati (tdockrtimadli ng of the information
required for the forward aliasing-cancellation will be described. In
particul ar, the conputation and encodi ng of the aliasing-cancellation
coefficients 936 Wi | traysitpas c WithedMDCT-based TCX (wLPT), the gain of the

corresponding “tcx_coding ” element is used

15 - For other transitions, a gain information “fac_gain ” has been retrieved from
the bitstream (encoded using a 7-bits scalar quantizer). The gain g is
calculated as g=10/"-$""28 ysing that gain information.

3. In the case of transitions between MDCT based TCX and ACELP, a spectrum de-
20 shaping 962 is applied to the first quarter of the FAC spectral data 961a. The de-
shaping gains are those computed for the corresponding MDCT based TCX (for
usage by the spectrum de-shaping 944) as explained in section 8.5.3 so that the
quantization noise of FAC and MDCT-based TCX have the same shape.

25 4. Compute the inverse DCT-IV of the gain-scaled FAC data (block 963).

- The FAC transform length, fac length, is by default equal to 128
- For transitions with short blocks, this length is reduced to 64.

30 S Apply (block 964) the weighted synthesis filter 1/ W(z) (described, for example,

by the synthesis filter coefficients 965a) to get the FAC synthesis signal 964a. The
resulting signal is represented on line (a) in Fig. 10.

- The weighted synthesis filter is based on the LPC filter which corresponds to
35 the folding point (in Fig. 10 it is identified as LPC1 for transitions from
ACELP to TCX-LPD and as LPC2 for transitions from wLPD TC (TCX-LPD
) to ACELP or LPCO for transitions from FD TC (frequency code transform
coding) to ACELP)
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at the encoder when a franme 1120 encoded with Transform Coding (TC) is
preceded wodofiwsbnmwed by a frane 1110, 1130 encoded wit lrcA@BRHI/ObREE t he
noti on of TC includes MDCT over |ong angh short blocks as in AAC, as well as
MDCT- based TCX (TCX-LPD). Figure 11 shows tine-domain markers 1140 and 5
frame boundaries 1142, 1144. The vertical dotted |lines show the begi nning
1142 and end I14418¢ sapelP arpehiingdadorcis desd atifohAFELPI9perRtigRd LPC2 i ndi cat e

the centre of the/amakyisi/s W ndow to cableatt af=®.92nw0 LPC filters: LPC |

cal cul ated at the_begi nning, 1142 of the fr.a 20 encoded with TC, and
LPC2 cal cul ated at Otgfé“@mq&a}ﬁ%fswﬁgﬁéaﬁgnnﬁré% 14 3nitigh gngmegieoh e at
the left of the "kLR{ghtédnmniesis fikee®BLipeet td 0 have been encoded 10 with
ACELP. The frane 113Q at..the.right t he rker YLPC2."i o assuned to
have Been encdded%ﬂfSﬁnﬂEEEPﬁ°n9/¥% B EFeE?ouFWFFﬁE§S%T%gﬂaqué,ﬁﬁﬁ?%,
1180 in Fig. 11. Edehdddimeappepdieg et zrorimgtuepesponseHE IRl @batfitbe wefghtdde FAC

target at the enCQ;ﬂ]‘?]H ol el 812 ddnderstood that each line is tine
15aligned with the fﬁg abogesqf?%ég (1150) of Fig. 11 represents the

original audio signal, segnented in franes 1110, 1120, 1130 as stated
above. Tite ni dullthe foasamef 1apGitipss dwsurEdELD bempyie gle dvindowere pRECACHd AR N,
usi ng,FDNS, and W |1 | the TC frane. ,,JThe si | in.the previous 20
frand01110' i o dullind ol dtclimdl. St paie Ihdte’ S SeBUGUERLS of
codi ng nodes GACEEPto 1thBO wikdowed ATRAGEAP) for $x&hpie Ethe SnaB 916 érl theisighat e al |
processing in FAC since FACis concerned with both transitions (ACELP to TC

and TC to ACELPH2). ThgellR (epn@ny ipfcompytediusing EPES pdhelsvindow repHed &uéie
(synthesis) si.gnal s.i r - i.ch may be determ ned by the
encoder by usﬁ%b'n%%w&%%ggﬁ%FS?ﬁge%éggélng&algorithn). The upper curve
1162, which extends from beginning to end of the TC franme, shows the

wi ndawi ng ef f @le[d+fhlenigth] tdhge[Ricddh@hlug), not  at 4 hefbaghdini.ng -and end). The
folding effect is shown by the | ower curves 1164, 1166 at the begi nning and

end of the se SWHEY anslier iggé ..[he beginning of the segnent and "+"
sign at the e%ﬂ@g*e t‘l\qggsga?rléer?tt)%.t F %‘éan 30t hen be used to correct these

effects. Line 3.(117 f Fi.g. 11 represents the ACELP contribution, used
at_the begi nni'F &%?+8%%ﬁ¥@ﬂﬂ?anélfg'red§% 3% Tcodi ng burden of FAC This

ACELP*contribution is formed of twp parts: 1) the wi ndowed, folded ACELP
synt hesi s 877fwhereisioelpl igmaupeerei@ sgic QYRE: pr evi ous 35frame, and 2) the
wi ndowed zero-input response 877j, 1172 of the LPCl filter.

sine[n] = sin(n*n/(2*fac_length)), n=0... 2*fac_length-1.

25 The resulting signal is represented on line (¢) in Fig. 10 and denoted as the ACELP
contribution (signal contributions 1060, 1062).

7. Add the FAC synthesis 964a, 1050 (and the ACELP contribution 973a, 976a, 1060,
1062 in the case of transitions from ACELP) to the TC frame (which is represented
30 as line (b) in Fig. 10) (or to a windowed version of the time-domain representation
940a) in order to obtain the synthesis signal 998 (which is represented as line (d) in
Fig. 10).

8.7 Forward Aliasing-Cancellation (FAC) encoding process

35
In the following, some details regarding the encoding of the information required for the
forward -aliasing-cancellation will be described. In particular, the computation and

encoding of the aliasing-cancellation coefficients 936 will be described.
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30 then be used to correct these effects.

Line 3 (1170) of Fig. 11 represents the ACELP contribution, used at the beginning of the

TC frame to reduce the coding burden of FAC. This ACELP contribution is formed of two

parts: 1) the windowed, folded ACELP synthesis 877f, 1170 from the end of the previous
35  frame, and 2) the windowed zero-input response 877j, 1172 of the LPC1 filter.

It should be noted here that the windowed and folded ACELP synthesis 1110 may be
equivalent to the windowed and folded ACELP synthesis 1060, and that the windowed
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t he TCX-LPD node and the current audio frame encoded in the frequency-
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"| ast?| pdoripadramefarcg sighals! 184 18 pitringdie of a | ast frame or sub-frame and

takes the value. of zero for a frane or sub-frane encoded in the ACELP
15node.

In the following, the encoding of the transform coding frame error 871, 1182 will be
described.

First, a weighting filter 874, 1210, W(z) is computed from the LPC1 filter. The error
30  signal 871, 1182 at the beginning of the TC frame 1120 on Line 4 (1180) of Fig. 11 (which
is also called the FAC target in Figs. 11 and 12) is then filtered through W,(z), which has as
initial state, or filter memory, the ACELP error 871, 1182 in the ACELP frame 1120 on
Line 4 of Fig. 11. The output of filter 874, 1210 W,(z) at the top of Fig. 12 then forms the
input of a DCT-IV transform 875, 1220. The transform coefficients 875a, 1222 from the
35  DCT-IV 875, 1220 are then quantized and encoded using the AVQ tool 876 (represented



Taking reference now to Fig. 15, the syntax will be described for a
bitstream el enent "Il pd_channel stream() ", which encodes the information of

an audi o woaor/4ed1s0 desi gnated as "superfranme ") encodedTiEP2610865752
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at the begl fﬁ?@% 5 2 0P PR ouehy [Pl sl pd O lndf of
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updat ed tOEHLSEr iFaMPlse Sighak %ﬂ&ﬁ‘ﬁ;m RoWebe qrpkisd 2t thekegnaingi o HWRilch t he
| ast sub-framem® doatpehsaasto} tesindowiigeshd TAeMdémAle ASR6iRg affestef er ence numer al
1510,;4f orwar d-al i asi ng-cancel | ati on data without a gain information
("fac_data (0) ") are included for a sub-frame which is encoded 35 in the
TCX- LPD rdeie, emong kj the]prodessihg forabe vaudovwingmed Was-dmeonelading tdreccAGELP node
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et BBt Dk Bine S bR IE aen el iy e e atesting Sephiaiedns st My (B gai n
i nf or mat ivpper Pdracf gt B Which)dealt evithahd provedingroftiel ACtisigeeamhebasi®ihg of pd
channel " . -] -all asing~cancel | ati on data
i ncl udi ngﬁé?gerﬁ |r%eét§vé{cglq¥l%rwaﬁ dééﬁftgéngé%gﬁggﬁ'g t:h%gAg%:?yﬁl Val’ue are included
in the bitstream if there is a direct transition between a frame encoded

in the fmnestenaythe QiGdcssiadtn &id I AR PErferHdf doMPReBIRC@Red 1460 1§ hpnHThkE node.
In cggtrast . ft here is a gr anélﬁél 0 ga)sweergﬁ@ frame or sudg-frama encoded
int 1(?p1?y(*f>é"ll_l5 FRFGEC OBt BRdocdt FAGHnfese). afetrasat the derrdense farpde,
a forwar gabdeasinggncBigcel2l & ioaty iappldsdmataitiy okhhakwd recoiedi datoRidd DCT-IV
forward-alLgsing-cancel Lation gain value is included in the bitstream
Taki ng reference now to Fi g. 16, the syntax of the
forward-aliasing-cancellation data, 15 which is described by the bitstream
el ement "o agc@af@() " wll be described. The paraneter "useGain "indicates
whet hgr h{‘ﬁer er{ﬁl@ﬁ a  dedi cat ed forward-aliasing-cancellation gain value
bi t stP eart? PerEHEWingacoRs; details prgarding e beaframt Wikfhe devabadirierarer1®10. 1n
adgi L i OE,fadihﬁthltl’f)efShﬁm:&ii tthéf;ﬁ@seﬂati@véhtiggmrs}@@m Be px!fldié(?'HeFe\é ik a
codebook number bitstream el enent.s."nqli] "apd. a nupber "fac_data "
bi t st r earti B EHERFEOWY 8§f?r]f?gu.raq§6 1%@?8“%&%1]0‘8%56 B‘Fl"gﬁgg‘ %‘8%&5%%' number and
sai d forward-aliasing-cancellation data has been described above. 10.
| npl e”entl-ﬁ;\i'&/@r,'%.lnta%'afba&dﬂ&ﬁ of a frame encoded on the frequency-domain mode is mainly
30  represented by a bitstream element named “fd_channel stream() >. This bitstream element
“fd_channel stream() " comprises a global gain information “global gain ”, encoded scale
factor data “scale factor data() ”, and arithmetically encoded spectral data
“ac_spectral_data ™. In addition, the bitstream element “fd_channel_stream() ™ selectively
comprises forward aliasing-cancellation data including a gain information (also designated
35  as “fac_data(1) ), if (and only if) a previous frame (also designated as “superframe > in
some embodiments) has been encoded in the linear-prediction-domain mode and the last
sub-frame of the previous frame was encoded in the ACELP mode. In other words, a

forward-aliasing-cancellation data including a gain information is selectively provided for



25 Al though sonme aspects have been described in the context of an
apparatus, it is clear that these aspects al so represent a description of

t he correwpeodioagiimet hod, where a bl ock or device corregpembsoivosasaet hod
step or a feature of a nethod step. Analggously, aspects described in the
context of a nethod step also represent a description of a corresponding 30
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i npl qgentrg(gi As a conputer 15 program product with a program code, the
program code bei ng operative for perform ng one of the methods when the
conput er program product runs on a conputer. The program code may for

exanpl e bl%kﬁ&ofe?ge% RoWaE i .e}i qpdabliex %flrgeeﬁescril?eqEog?%[tﬁﬁeggog%gn%m S
conpri se the conputer program for perform g& one o e met hods escri bed
her ei n, sﬁﬂébﬁr{?ﬁlé”‘?’%hi ne Whishd B¢ sles athej Briormagiopt Ak ranwerdie, frameefedesdi nent

of the i nesiphatve® apebiRdfirite ) REEREONR the [IBEABEBEL R QGhAM Hedd, NGheBuRILIr am
codezbor ﬁQerf e, e .i bed, herein, when the conputer

progiam rung g%‘q]%er}%ﬁ%gﬁ’{)gé?cto « 5*?f$ﬂﬁ??%2%ﬁmnma%fm?%emaaﬁ\f@mnr\?% a
met hods ipdyralitye oéfsmbdyangesd &tometiares i #so (desigaatdd gast dfraseoragfr nedinpl, or a
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tangi bl e e @hil@efer SOhE 8RS FhinBORALY be Andddbd 'i}%e%fﬁ@ﬁi feaL. of the inventive
met hgg is, therefore, a data stream or a sequence o
The bitstream variable “acelp_core_mode ” describes the bit allocation scheme in case an
ACELP is used. The bitstream element “lpd mode ” has been explained above. The
variable “first_tcx_flag > is set to true at the beginning of each frame encoded in the LPD
mode. The variable “first_lpd flag ” is a flag which indicates whether the current frame or
30  superframe is the first of a sequence of frames or superframes which are encoded in the
linear-prediction coding domain. The variable “last_Ipd ” is updated to describe the mode
(ACELP;. TCX256; TCX512; TCX1024) in which the last sub-frame (or frame) was
encoded. As can be seen at reference numeral 1510, forward-aliasing-cancellation data
without a gain information (“fac_data_(0) ) are included for a sub-frame which is encoded
35  inthe TCX-LPD mode (mod[k]>0] if the last sub-frame was encoded in the ACELP mode
(last_lpd_mode==0) and for a sub-frame encoded in the ACELP mode (mod[k]==0) if the
previous sub-frame was encoded in the TCX-LPD mode (last_Ipd_mode>0).




signals representing the conputer programfor perform ng one of the nethods
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understood that nodifications and variations of the arrangenents and the
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s

bitstream element “fac data ” comprises a plurality of codebook number bitstream

elements “nq[i] ” and a number of “fac_data ” bitstream elements “fac[i] .

20
The decoding of said codebook number and said forward-aliasing-cancellation data has
been described above.
10. Implementation Alternatives

25

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding
30  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
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.

35  The inventive encoded audio signal can be stored on a digital storage medium or can be
transmitted on a transmission medium such as a wireless transmission medium or a wired

transmission medium such as the Internet.



codi ng (USAC) wi ndowi ng and frame transitions will be sunmarized. Firstly,
an introduction will be given and sone background information described. A

current deei2gn/iediso designated as a reference design) otrTiEPR1066GS2
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| eng?ﬁ A" ri ﬁr(ﬁu&mﬁq 3 Rrograti codg %é’ program code gemg operagve for peaf%rmmg
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

20  described herein, stored on a machine readable carrier.

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.
25 _
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—
30  transitionary.

A further embodiment of the inventive method is, therefore, a data stream or a sequence of
signals representing the computer program for performing one of the methods described
herein. The data stream or the sequence of signals may for example be configured to be

35  transferred via a data communication connection, for example via the Internet.
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11. Conclusion

30 In the following, the present proposal for the unification of unified-speech-and-audio-
coding (USAC) windowing and frame transitions will be summarized.

Firstly, an introduction will be given and some background information described. A
current design (also designated as a reference design) of the USAC reference model
35  consists of (or comprises) three different coding modules. For each given audio signal
section (for example, a frame or sub-frame) one coding module (or coding mode) is chosen
to encode/decode that section resulting in different coding modes. As these modules

alternate in activity, special attention needs to be paid to the transitions from one mode to
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words, inprovenents of the reference concept according to the USAC wor ki ng
draft 4 wvblobeugascribed. In order to tackle the |istedcaidrbéowbises at
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domai n alin ssnegnoahmentsat i on (TDAC) is achieved. 20 In the follow ng, sone
details regarding the forward-aliasing-cancellation w ndow (FAC w ndow)

w Il be described. The forward-aliasing-cancellation (FAC) w ndow has

al ready Been thstiporridsdiagngtcassbationdACTRiBdaymplenent al Wi ndow conpensat es
the m ssing TDAC i nformati on which - in a continuously running transform
code IS, usu

= i | | 25 contributed. b follown r precedi ng wi ndqow.
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t he FAC can cobipensat®let 6TCKhealsd hedwiods TOKSLID ssivi@Tover | ap. 1t has been
found that by applying the LPC filter in the frequency-domain, the LPD
coding 30 path | ooses sone of the snoothing inpact of the interpolated LPC
filteri ndhbespmbonatinCel Potnigchuoigi¢sTgxkdsADposstdeth smglmyret winddoiry echemiet has
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trangition at exact this place, it can also conpensate for this effect.
35 Ad a consequence of introducing the FAC w ndow and FDNS, all conceivable

transiti omshe &loben@ele0 BilieBHR o Wctdionte SR%nisNRBI BAlde Qe A8ifAdlitate the
understanding of the advantages provided by the embodiments according to the invention.
A reference concept according to the working draft 4 of the USAC draft standard consists
of a switched core codec working in conjunction with a pre-/post-processing stage -
30  consisting of (or comprising) MPEG surround and an enhanced SBR module. The
switched core features a frequency-domain (FD) codec and a linear-predictive-domain
(LPD) codec. The latter employs an ACELP module and a transform coder working in the
weighted domain ("weighted Linear Prediction Transform" (wLPT), also known as
transform-coded-excitation, (TCX)). It has been found that due to the fundamentally
35  different coding principles, the transitions between the modes are especially challenging to
handle. It has been found that care has to be taken that the modes intermingle efficiently.
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The contributions listed above each address one or more of the transition displayed in the
25  table of Fig. 4. It is worth noting that the non-homogenous transitions (the ones not on the

main diagonal) each apply different specific processing steps, which are the result of a

compromise between'trying to achieve critical sampling, avoiding blocking artefacts,

finding a common windowing scheme, and allowing for an encoder closed-loop mode

decision. In some cases, this compromise comes at the cost of discarding coded and
30  transmitted samples.

In following, some proposed system changes will be described. In other words,
improvements of the reference concept according to the USAC working draft 4 will be
described. In order to tackle the listed difficulties at the window transitions, embodiments
35 according to the invention introduce two modifications to the existing system, when
compared to the concepts according to the reference system according to the working draft
4 of the USAC draft standard. The first modification aims at universally improving the
transition from time-domain to frequency-domain by adopting a supplemental forward-
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15 In other words, the weighted LPC synthesis filter 330g is replaced by the
scaling/frequency-domain noise-shaping 380¢ in combination with the LPC to frequency-
domain conversion 380i. Accordingly, the MDCT 320g of the frequency-domain path and
the MDCT 380h of the TCX-LPD branch operate in the same domain, such that transform
domain aliasing-cancellation (TDAC) is achieved.

20
In the following, some details regarding the forward-aliasing-cancellation window (FAC
window) will be described. The forward-aliasing-cancellation (FAC) window has already
been introduced and described. This supplemental window compensates the missing
TDAC information which — in a continuously running transform code — is usually

25 contributed by the following or preceding window. Since the ACELP time-domain coder
exhibits no overlap to adjacent frames, the FAC can compensaie for the lack of this

missing overlap.

It has been found that by applying the LPC filter in the frequency-domain, the LPD coding

30 path looses some of the smoothing impact of the interpolated LPC filtering between
ACELP and wLPT (TCX-LPD) coded segments. However, it has been found that, since
the FAC was designed to enable a favorable transition at exactly this place, it can also
compensate for this effect.

35  As a consequence of introducing the FAC window and FDNS, all conceivable transitions

can be accomplished without any inherent overcoding.

In the following, some details regarding the windowing scheme will be described.
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20 and no further modifications are necessary.

In the following the new frame transition matrix will briefly be discussed. An example for
a new transition matrix is provided in Fig. 5. The transitions on the main diagonal stay as
they were in working draft 4 of the USAC draft standard. All other transitions can be dealt

25 with by the FAC window or straightforward TDAC in the signal domain. In some
embodiments only two overlap lengths between adjacent transform domain windows are
needed for the above scheme, namely 1024 samples and 128 samples, though other overlap
lengths are also conceivable.

30 12. Subjective Evaluation

It should be noted that two listening tests have been conducted to show that at the current
state of implementation the proposed new technology does not compromise the quality.
Eventually, embodiments according to the invention are expected to provide an increase in
35 quality due to the bit savings at the places where samples were previously discarded. As
another side effect, the classifier control at the encoder can be much more flexible since the

mode transitions are no longer afflicted with non-critical sampling.
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time domain representation (924) of the audio content on the basis of the
spectrally shaped frequency-domai n node set of spectral coefficients
(923a); WD 2011/048117PCT/ EP2010/ 065752 - 78 - wherein the audi o signal
decoder is configured such that tinme-domain '



representations of two subsequent portions of the audio content, one of
whi ch two subsequent portions of the audio content is encoded in the

t r ansf or woQUarus113 excitation-1inear-prediction-donmai nporgd@2@wdese of
whi ch two subsequent portions of the audio content is encoded in the
frequency-domai n node, conprise a tenporal overlap to cancel a

ti me-domai n-al i asi ng caused by the frequencydonai n-to-ti ne-domain
conver si OYe1¢8ES Audi 0 signal decoder according to one of claims 1 to 3,
wherein the audi o signal decoder is configured to switch between a

transfor - eXG} on-.|i Lctions [ , i ch use
transforE@@%gggLexg$©zkkanTgp§&2§@?ghﬁ(9§§¥g§ﬂﬁbgﬂﬂgﬁ§arﬁg?%gﬁﬁtiﬁ%@donain
par anet erLandbwrUmteddainf@8d.) Alenditizes folr gehdaviag in USAC
code-excited-1linear-prediction (ACELP) node, which uses an al gebraic-code
15excitation information (982) and a |inear-prediction-domain paraneter
information (984); wherein the transformdonmain path (930) is configured to
obtain the first set (944a) of spectral coefficients on the basis of the
transform coded-excitation information 20(932), and to obtain the

| i near - prediction-domain paraneters (950a) on the basis of the

| i near - prediction-domain paraneter information (934); wherein the audio

si gnal decoder conprises an al gebraic-code-excitation-linear- prediction
path (980) configured to obtain a tine domain representation (986) of the
25 audi o content encoded in the ACELP node on the basis of the

al gebrai c-codeexcitation informati on (982) and the |inear-prediction-donmain
paranmeter information (984); wherein the ACELP path (980) conprises an
ACELP excitation processor (988, 30 989) configured to provide a

ti me-domain excitation signal (989a) on the basis of the al gebraic-code
excitation information (982) and using a synthesis filter (991) configured
to performa tine-domain filtering of the tinme-domain excitation signal to
provi de a reconstructed signal (991a) on the basis of the tine-domain
excitation signal (989a) and in dependence on linear-prediction-domain
filter coefficients 35(990a) obtained on the basis of the

| i near - prediction-donmain paraneter information (984); WO

2011/ 048117PCT/ EP2010/ 065752




- 79 - wherein the transformdomain path (930) is configured to selectively
provi de the aliasing-cancellation synthesis signal (964) for a portion of

t he audi owoeot@asiiencoded in the PCT/EP2010/065752

t ransf or m coded- exci tati on-I|inear-predi %[on-donain node followi ng a
portion of the audio content encoded in the ACELP node, and for a 5
portion of the audio content encoded jin the
transforn}coded-excitation-Iinearpred?@??%n-donain node preceding a portion
of the audio content encoded in the ACELP node. 5.The audi o signal decoder

according to ¢l aim.4,.wherein t al,i.asing-cancel l.ati o O, stinmulus filter
(964) 15 conf AL sif F?Cé’;a_e‘i_@Oa@lég’s%@ffgaﬁ?evﬂf}l% ot AP Lt
(963a) in depéhdeddd; W) oien hidiearnteniedi teibesis dbameénvotied teprespanaorean s
(950a; LPC1) [ - Sl i asi ing point of the
fi rstﬁfrequen\g%’gérpaliggfghg%??%-oh%ﬁgiﬂlﬁee@gﬁ@%g%gFgé(déig% orﬁs(?]lé{%qporti on of the
audi o content encoded in the

transf or m codedr@xfithalontiin bithgase puedb4x i28n- ghomain 189des oo W kithufed
15portion of the audlq.co tent encoded. on Pe ﬁgghp ngde, and wherein the
al i asi ng- cancd? PREHA LR ﬁ?‘FPF?%VmUQGZ§ i % gnfl gLRRITER of theapudione

al i asi ng- cancebhtaht @wroddd imd USnsf&rgfnad(nﬂaiﬁ%&&) or fhedﬁ@i@ﬁiﬂ%n@x@t @t (2de 38R near -
predigti on-doggin filter. par ter 950a; LP j C rrespond. t.o a

ri ghtl-ssi dod o84 iogs%p%{::jtr o|°§$§§‘eﬁosr rit r8?"e§‘?%‘éa%r%%‘r gh 956)" of *Ar iasifg:

f r equency- domgireetigtian stendosrsignel codeepltietity 9%4iB)eaf-predictivordoimam pdrambersaudi o
content encodeghi. Ag§:Hod)r ansf orm coded- exci tation-1inearprediction-domain
node preceding a portion of the audio content encoded on the ACELP node.
256. The audi o signal decoder according to claim4 or 5 wherein the audio
s: gnal deCOdemlee&tiz@@m?f 'trtglwf@fh H@?!aﬂ bétﬁ'dgﬁ?ri@@sr@t rsyedt@:gm@ﬁoc@@so} £30; 3t8ge;

‘al i asLng-cancel, lati stjmulus filter . to zer or proyidi e

alia #ng- cancgﬁ% )af?’%?guﬁdmt%@gglé’ %iSBﬁ%Wa,g Sgﬁg%é‘a tﬁﬁ 35%?%5{9§¥a)tﬁfggpe°tral

al i asi ng- cancebé¢fiticonn »t denchdencsignal ldast & subet alfi thsilhgaapedictiahidomain
stimulus filt , I T, L& - 0o, Bput e 30
anpl es of e S ad g P S RALSEARAIEIRG CR% 4R0L suiE) b LERRREE
further obtai A 8Pepirtlr@Eificjenét zer o-i nput response sanpl es of the

al i asi ng-cancel | ati on synthesis signal; and wherein the conbiner is

configured to_conbine the tinme-domain representatio 35 (940a) of  the
audi ggcont ent "WEEH? ?l?Fe%rﬁ’asr@%mr%maH‘pB?thrcé’ ﬁ%%a?&ﬁtpﬂégueé‘ﬁé'df’ﬁ‘é?”é@bt%ﬁuent
zer o-i nput respmase vanptees (249; oBBEh;n 946) addnfigimed- teduech td nEmeldombin
signal at at i1 ortion of, the.audio content, encoded in the
AP W0 201 1GEAEIRH) EEADIB g B oR o BN sEE M LR ERA TSR 1 o
of the audi o #enirehiet ehspedea coeffictents;

transf orm codedexcitation-1inear-prediction-domain node. 7. The audio

Si gn% decoder according to one of clains 4 to 6, wherein the audio
wherein the transform domain path comprises an aliasing-cancellation stimulus

filter (250; 964) configured to filter an aliasing-cancellation stimulus signal (224;
963a) in dependence on at least a subset of the linear-prediction-domain parameters
(222; 384; 934), to derive an aliasing-cancellation synthesis signal (252; 964a) from
the aliasing-cancellation stimulus signal; and

30
wherein the transform domain path also comprises a combiner (260; 978)
configured to combine the time-domain representation (242; 940a) of the audio
content with the aliasing-cancellation synthesis signal (252; 964), or a post-
processed version thereof, to obtain an aliasing-reduced time-domain signal.
35
2. The audio signal decoder according to claim 1, wherein the audio signal decoder is

a multi-mode audio signal decoder configured to switch between a plurality of
coding modes, and




5 signal decoder is configured to conbine a w ndowed and fol ded version
(973a; 1060) of at |least a portion of the tinme-domain representation

obt ai ned wei200/d48a7ACELP node with a tinme-domai n represeqtratron/ 694D,
1050a) of a subsequent portion of the g?p[o content obtained using the
transform coded- excitation-linearprediction-domain node, to at | east
partially cancel an aliasing. 10 8. The audi o signal decoder according to
one of clainms 4 to 7, wherein the audio signal decoder is configured to
corrbih ne a W:c nfkmﬁ&dlnvl&rsﬁmfbr(rﬂ&ﬁgainlﬁ)ﬁ&h (Q%o;azmeaoe,imutzm,%m%@, a¥0) ihe
synthesis 'fi e =LP branch, wi t.h .a tine-domain representation
(940a; 1058) Ségfégug%%tst(gqsﬁgn Vepl)%rotbl aérrl]qg? aﬁlﬁsén%'ﬁ%{ic(gll%boﬁlt @H}theégst ggﬂad&fgusi ng
t he transfor médaddr @peittoat(i &) lof theaaudpr ettt ifdivvdogriprevimdeportian @i010past
partially can [Ap= T : i i : ( C i 0 one
A T g e i L TR
bet ween a tr afdy BPFREPHESORS BPIIRRIOH the Judicagantenp followedibyta sbsadioemti pertirde, i n

whi ch a | apped (30gap@eeydidQBBicht WRichidBBs SRERLA b AR f0hEdagedii$Eoveap-
frequency-dorral(g éT(Pde, i.n which a | apped frequency-domainto-tinme-donain
transformis GR%AY IG2EN" al gebr ai c- code- exci tati on-1i near predi cti on node,
25wherein the audi o signal decoder is configured to at |east partially

canc an aliagj t.. r ption hetween a portion of,the audjo cqgntent
encogbed o thgi%%gﬁfg)f %lgnrf{lcogé%reagg?r?é B abs 1Y dficti WA BB #8ue and
a portion of sigealaedvdercoeanéiguredric sdech betwichea traesfoemcydaiormitatiombecaoy
perform ng an,Q¥efiloaRRMERIFRPELRLE AReDEL \f\%ﬁé‘fo%-@gd&i@%h&é&@moﬁﬁat%
subsequent overl apping 30portions of the audi o content; and wherein the
audi o si gnal 29;3866%4a'1§64§&ﬁ?4l@¢tﬂﬂe®m%n@@ran@éﬁgﬂnfeamtiow(9§4)e@z?fb@freﬁwnaﬁ asi ng
at a transiti asmbietied) whidhQists ®Bpediralt doerfadictit nfoaRdtRAL(9 ENGAdadchIR fAdist
trang%or m code - exc tgzraqékgnl i near - predi cti on-domai n node and a portion of

t he audi o cBRPENR" ed in the :
al gebr ai c- code-exci ted-|inear-prediction-domain node using the

al i asi-ng-cancghbLati @ ¢ Soshas I 4 :
2011/ 048117PCT/ EP2010/ g%%%’?g ot %?(%ﬁ%aga&ﬁéu}sé?gt%é’f”a&é% 555k Cardi ng to
one of cl ai msOisResIrel cagésienth op e s of Siedrariogacoded-cxdtagoninfgumasiont o
apply a conmom3gaidhdualobid the 1fnehr-Predidlitn-a6AhinYrdRddDs (9303 ohithEpARE N
reprz&ent atio (1946ae)]r Br fVl ed by the first freq qudOITB.I n-to-time-domain
convert er (94@3e By HEU P AN P BT RIGHES T IBEP[‘WaT(‘@‘B&% &nd for 5a gain scaling
(961) of the aliasing-cancellation stinmulus signal (963a) or the
wherein the audio signal decoder comprises a frequency-domain path (910)
configured to obtain a time-domain representation (918) of the audio content
encoded on the frequency-domain mode on the basis of a frequency-domain mode
25 set of spectral coefficients (921a) described by the spectral coefficient information
(912) and in dependence on a set (922a) of scale factors (922) described by the
scale factor information (914), ‘

wherein the frequency-domain path (910) comprises a spectrum processor (923)

30 configured to apply a spectral shaping to the frequency-domain mode set of spectral
coefficients (921a), or to a pre-processed version thereof, in dependence on the set
(922a) of scale factors, to obtain a spectrally-shaped frequency-domain mode set
(923a) of spectral coefficients, and

35 when the frequency-domain path (910) comprises a frequency-domain-to-time-
domain converter (924a) configured to obtain a time domain representation (924) of
the audio content on the basis of the spectrally shaped frequency-domain mode set
of spectral coefficients (923a); |




al i asi ng-cancel l ati on synthesis signal (964a). 11. The audi o signal decoder
according to one of clains 1 to 10, wherein the audi o signal decoder is
confi gur egtot2011@appily, in addition to the spectral shapi ngcparbenmests2 10 in
dependence on at |east the subset of |ingar-prediction-donain paraneters, a
spectrum deshaping (944) to at |l east a subset of the first set of spectral
coefficients, and wherein the audi o signal decoder is configured to
apply the spectrum deshapi ng 15(962) to at |east a subset of a set of

al i asi ng- cancetlesgin othes ppdia atigndefdetaiceniss donGiguneli ahclt hehat time-domain

al i asi ng-canc ' LA I | ri . Fhe.audi o
si gnal decode?&gg%g%gio?\%wtﬂg]déﬁlﬁ %@I&g{ %(lglﬁg%?gft{gé fﬁ‘%"vﬁ%@‘f #%F ﬁ)—(g “éd%] %Vosi gnal
decoder conpr iS8@¥aEens erstienst pedhe resliodeeripwi- isoendoded donthe ntrasfiver-¢ated- 20
(963) sconfi gureéitdii@n Rkl prediclibdBoRARInbde€ RhE St T MMl thvbhCsubse uen}
aI|a5|ng-canceIIat|0£ stinul us signal éQGSa%%%n dependence on a séi 0
spectral coef PPEI%RP th@@(‘}‘gé))copé"‘}ﬁlf Bedpdedgnhrelrequensy-Aemaiadeede sempyise a

stinul us si gnadmpahlenetrinpt he dahceta fiipedenam-diasag neduded ibye tHIO MR Rency-

converter is flogured t 25 performa | apped transform which conprises
a tinme-donmai n%gﬁag‘g%ntgrge gﬁﬁal\ﬁhcgg‘é?rﬁwf’he second

frequency-domai n-to-time-domain converter is configured to performa

non- apped transktPE; ' [ I r ording. 1o,.one_ of

o1 ai oD o 1R WRep R Scddind 5 IRE HRGRh AR Ik A OI8I% Y cop
the spectral §Regsichgs tenfigaredi fsiswileh bitwegrect transfemefcpdasi-exitatiomlinear-
dependence on ptddectimam@laih 83 deD N eKlck ths08 -40 QAR BmRRP MEL L St oVHh lindi & used
for adjusting %gﬁ félEFrlg% f.thg al i asi ng-cancel | ation stinulus signal.
14. An audio $1gnard aHogHe eﬁﬁiw- UBHT PEBITSHT JHOHN AP HIT S & h @B ap algebraic

repr esent at i omodeltd:Rijted-BbeBiRydicforan AMIRIIF) awde.enthi€ONPREs SAnN@Gl@bidig-8des et
(112 852) o d f loehent a I 2sent ation of an . .
aIiagfng-cancgfﬁgﬁﬁéﬁﬂégﬁﬁﬁ%dgg%%%ﬁ%?h%ﬁi%@%ﬁﬁggf%gﬁﬁlBmﬁrﬁﬁﬁﬂg@yngﬁm

| i near - pr edi c{9%- donai n paraneters (112b; 854) on the basis of an input
representation (110; 810) of the audio content, the audio signal encoder
conpri si ng: 2011/ 048117PCT/ EP2010/ 065752 -, 82 - a .
tine-donain-t§g%F@h%@ﬁ5V§ BReRm bR (IXD 17 afigursddy ob@ir thgdiradet 4fRlocess
the input repoésgrtal iwfficénts be thadhgds 6DMHeaminsfola-@at@ERciALbA SERdRASKmAONAI N
repreggentatio ) .of the audio.content; 5 a s I ocesso
(130;%866) Comal(%’l:.[la% gc}g'?) (%)’Qazlinp%’wH%ars%rggltcpgl?'ggrﬁglﬁi iR %el{gﬁ% 433883%?15@“ mai n
repr esent at i othedfnephpredigtpor-demaineraramaer informatoret3pcessed versi on t her eof ,

i n dependence on a set of linear-prediction-domain paranmeters (140; 863)

for a portion of the audi,o content to be encoded in the )
| i near - predi ct W_lrdgpfsaplixﬂlo tsignal decoder comprises an algebraic-code-excitation-linear-

prediction path (980) configured to obtain a time domain representation (986) of the

25 audio content encoded in the ACELP mode on the basis of the algebraic-code-
excitation information (982) and the linear-prediction-domain parameter
information (984); :

wherein the ACELP path (980) comprises an ACELP excitation processor (988,
30 989) configured to provide a time-domain excitation signal (989a) on the basis of
the algebraic-code excitation information (982) and using a synthesis filter (991)
configured to perform a time-domain filtering of the time-domain excitation signal
to provide a reconstructed signal (991a) on the basis of the time-domain excitation
signal (989a) and in dependence on linear-prediction-domain filter coefficients

35 (990a) obtained on the basis of the linear-prediction-domain parameter information
(984);



10obtain a spectrally-shaped frequency-domai n representation (132; 867) of
the audi o content; and an aliasing-cancellation information provider (150,
870, 874,w8nbi11/A%Ay configured to provide a represent at ipom/rp2diBoss7856) of
an aliasing-cancel lation stinulus signabkg_15 such that a filtering of the
al i asi ng-cancel | ation stinulus signal in dependence on at |east a subset of
the linear-pre |ct|o araneters sults_in n allaS|ngcanceIIat|on
synt hesi s S|gﬁgF”TB gg?”?ﬁ@”ﬁFﬁ%ﬁ?ﬁ%{ 1?FP@%¥§C I silechiyalyorreyigadhe
decoder. 2015. aAasmg-hmcbeﬂmorpsmhaimgxgaald@mciefdr raep@raserﬁfatheomlc@é @Ateatidi 0
content on th ;S of e r epr esent o.content, the
&n Q&ﬁd f %"e qga%?f% cggeae excitati or}e aﬁtpé?({] &H)n (ijon?ialrborqqu% of

nmet hod conpri si ng: nmain re
t he audio contfemw@gcﬁopl@lﬁon m)fahet aledm@fcomtnmtdf:madfrd modie AGELPendslas hisd 6dr

first sset of speedy 8k hOeLHiCLENER: eRodRd ?rprtﬁé?{}ugfgtrﬂ r&o@éc} @7leltat10n -linear-

al i asi ng-cancel |l ation_ stinulus signal and

predi cti on- doasHctiprdamain raode precedingng paftipngp ‘b@@tl@l&l C@Fﬁé‘bﬁﬁ@)dﬁé gkl i ed
to the first satEOP neectral coefficients in dependence on at |east a
subset of the linear-prediction-domain paraneters, to 30obtain a spectrally
shaped version of the first set of spectral coeffl cients, and wherein a

f r equencys- dondihe-dudid sxgnaldimadlan accardipsto onlaihs 4,aphéredihe aali@bib @icancllation

t onten n the sis,.of , the
| reagormi " SLGRGTHA (0031 o0 R OB LR 8Bk Bt g 55
wherei n t he al(Y@sy ng- @f:mnéﬂnlcatqroﬂlesﬂlnm’rmgdlstlcglﬁ@dmals filtdrt pradeters (RSPendence

of at |east arpuhs %&hlmc&ﬁepaddnsarefpgﬁgagﬁw% polﬁ%m@h?smﬁ&cgerlve

an aI|a5|ngca cel[ation synthesis si asi ng- cance
stimul us si gngiPmaéﬁH’ “%dQ@H’/ @@Sﬁﬁqgﬁﬁ)éPQGP@FWHQe ﬁu@S contgplednspeed he

time-donai n r épr geentaaifban-colded heitatish-Dn@eptaititionsdoaRibi Aege Wollbwidte a
ther ot t o oBrarn St RS SudaBhoe Ml BRRmRE T~ 16. A nethod for
provi di ng an encoded representation of an audio content conprising a
wherein the aliasing-cancellation stimulus filter (964) is configured to filter the
aliasing-cancellation stimulus signals (963a) in dependence on the linear-
prediction-domain filter parameters (950a; LPC2) which correspond to a right-sided
20 aliasing folding point of the first frequency-domain-to-time-domain converter (946)
for a portion of the audio content encoded in the transform-coded-excitation-linear-

prediction-domain mode preceding a portion of the audio content encoded on the
ACELP mode.

25 6. The audio signal decoder according to claim 4 or 5, wherein the audio signal
decoder is configured to initialize memory values of the aliasing-cancellation
stimulus filter (964) to zero for providing the aliasing-cancellation synthesis signal,
to feed M samples of the aliasing-cancellation stimulus signal into the aliasing-
cancellation stimulus filter (964), to obtain corresponding non-zero-input response

30 samples of the aliasing-cancellation synthesis signal (964a), and to further obtain a
plurality of zero-input response samples of the aliasing-cancellation synthesis
signal; and |

wherein the combiner is configured to combine the time-domain representation
35 (940a) of the audio content with the non-zero-input response samples and the
subsequent zero-input response samples to obtain an aliasing-reduced time-domain
signal at a transition from a portion of the audio content encoded in the ACELP



first set of spectral coefficients, a representation of an

al i asi ng-cancel l ation stinulus signal, and a plurality of

| i near - prwdi2oii/agridonai n paraneters on the basis of an ipopuP2610pPEEsSENt ati on
of the audio content, the nmethod conpr i_%'br_lg: performng a

ti me-domai n-t o-frequency-donmai n conversion to process the input
representation of the audio content, to obtain a frequency-domain

reBr esent at i or{n%Je tPﬁegugﬁF@iuBthWﬁ‘ﬂ@h?f;thi@é‘fl)‘ﬁlcw‘i‘?@t eneedrekcinrthe trangdpyingoded- t he

f r equency- donsixpitatipriasenp@tiction@bmahemadeli o content, or to a pre-processed
version thereof, in dependence of a set of |inearprediction-domain
paraneters for a portion of the audio content to be encoded in the

| i near - priedi ctitenaudomaignal dezoddért aicnrding peohe alf Icjzisbapad6f nbatean e salimi nf
representation: of ' ng . : 1. di resent agion o
anpal igasi ng- cghéglgl Pgﬁdgﬁ%s? ?ﬁ%&heg édl (éd;\}gﬁm ggau%n%t\éh’g{j %gd?ﬁoFcﬁgr%ESdo%_?éJpﬁe

al i asi ng- cancéel0P8@t pbat kestnupagios ¢fndE time-depaindeprssentaiioat oliteiaed usinguhset of

the |1near-predtELp QflodioWih Mt BRANIASH Sch@Sikdidn! D481 14099 ND5ARBGRNI at T on
synthesis signal .for_cancelling aliasing artifacts_ in an aud|0_3|?

) al
decoder. 25 1POTRNcHni5Gta8H 00 PPty st i (RS oRB-Raedre¥rigtiewTiasaiy t o
claims 15 or Ifedistvarddningn @RUBLK [REQEFEINY TG B aldast@TPUL er .

10
8. The audio signal decoder according to one of claims 4 to 7, wherein the audio
signal decoder is configured to combine a windowed version (976a; 1062) of a
zero-input response of the synthesis filter of the ACELP branch with a time-domain
representation (940a; 1058) of a subsequent portion of the audio content obtained
15 using the transform-coded-excitation-linear-prediction-domain mode, to at least

partially cancel an aliasing.

9. The audio signal decoder according to one of claims 4 to 8, wherein the audio
signal decoder is configured to switch between a transform-coded-excitation-linear-
20 prediction-domain mode, in which a lapped frequency~domain-to—time-domain
transform is used, a frequency-domain mode, in which a lapped frequency-domain-
to-time-domain transform is used, and an algebraic-code-excitation-linear-

prediction mode,

25 wherein the audio signal decoder is configured to at least partially cancel an
aliasing at a fransition between a portion of the audio content encoded in the
transform-coded-excitation-linear-prediction-domain mode and a portion of the
audio content encoded in the frequency-domain mode by performing an overlap-
and-add operation between time-domain samples of subsequent overlapping

30 portions of the audio content; and

wherein the audio signal decoder is configured to at least partially cancel an
aliasing at a transition between a portion of the audio content encoded in the
transform-coded-excitation-linear-prediction-domain mode and a portion of the
35 audio content encoded in the algebraic-code-excited-linear-prediction-domain mode

using the aliasing-cancellation synthesis signal (964a).
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12.

13.

14.
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The audio signal decoder according to one of claims 1 to 9, wherein the audio
signal decoder is configured to apply a common gain value (g) for a gain scaling
(947) of a time-domain representation (946a) provided by the first frequency-
domain-to-time-domain converter (946) of the transform domain path (930) and for
a gain scaling (961) of the aliasing-cancellation stimulus signal (963a) or the

aliasing-cancellation synthesis signal (964a).

The audio signal decoder according to one of claims 1 to 10, wherein the audio
signal decoder is configured to apply, in addition to the spectral shaping performed
in dependence on at least the subset of linear-prediction-domain parameters, a
spectrum deshaping (944) to at least a subset of the first set of spectral coefficients,
and

wherein the audio signal decoder is configured to apply the spectrum deshaping
(962) to at least a subset of a set of aliasing-cancellation spectral coefficients from
which the aliasing-cancellation stimulus signal (963a) is derived.

The audio signal decoder according to one of claims 1 to 11, wherein the audio
signal decoder comprises a second frequency-domain-to-time-domain converter
(963) configured to obtain a time-domain representation of the aliasing-cancellation
stimulus signal (963a) in dependence on a set of spectral coefficients (960a)

representing the aliasing-cancellation stimulus signal,

wherein the first frequency-domain-to-time-domain converter is configured to
perform a lapped transform, which comprises a time-domain aliasing, and wherein
the second frequency-domain-to-time-domain converter is configured to perform a

non-lapped transform.

The audio signal decoder according to one of claims 1 to 12, wherein the audio
signal decoder is configured to apply the spectral shaping to the first set of spectral
coefficients in dependence on the same linear-prediction-domain parameters, which

are used for adjusting the filtering of the aliasing-cancellation stimulus signal.

An audio signal encoder (100; SOO)I for providing an encoded representation (112;
812) of an audio content comprising a first set (112a; 852) of spectral coefficients, a
representation of an aliasing-cancellation stimulus signal (112c; 856) and a plurality
of linear-prediction-domain parameters (112b; 854) on the basis of an input
representation (110; 810) of the audio content, the audio signal encoder comprising:
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a time-domain-to-frequency-domain converter (120; 860) configured to process the
input representation of the audio content, to obtain a frequency-domain

representation (112; 861) of the audio content;

a spectral processor (130; 866) configured to apply a spectral shaping to the
frequency-domain representation of‘fhe audio content, or to a pre-processed version
thereof, in dependence on a set of linear-prediction-domain parameters (140; 863)
for a portion of the audio content to be encoded in the linear-prediction-domain, to
obtain a spectrally-shaped frequency-domain representation (132; 867) of the audio

content; and

an aliasing-cancellation information provider (150, 870, 874, 875, 876)‘conﬁgured
to provide a representation (112c; 856) of an aliasing-cancellation stimulus signal,
such that a filtering of the aliasing-éancellation stimulus signal in dependence on at
least a subset of the linear-prediction-domain parameters: results in an aliasing-
cancellation synthesis signal for cancelling aliasing artifacts in an audio signal

decoder.

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 first set of spectral coefficients, a
representation of an aliasing-cancellation stimulus signal and the plurality of linear-

prediction-domain parameters,

wherein a spectral shaping is supplied to the first set of spectral coefficients in
dependence on at least a subset of the linear-prediction-domain parameters, to

obtain a spectrally shaped version of the first set of spectral coefficients, and

wherein a frequency-domain-to-time-domain conversion is applied to obtain a time-
domain representation of the audio content on the basis of the spectrally-shaped
version of the first set of spectral coefficients, and

wherein the aliasing-cancellation stimulus signal is filtered in dependence of at
least a subset of the linear-prediction-domain parameters, to derive an aliasing-

cancellation synthesis signal from the aliasing-cancellation stimulus signal, and
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wherein the time-domain representation of the audio content is combined with the
aliasing-cancellation synthesis signal, or a post-processed version thereof, to obtain

an aliasing-reduced-time-domain signal.

A method for providing an encoded representation of an audio content comprising a
first set of spectral coefficients, a representation of an aliasing-cancellation stimulus
signal, and a plurality of linear-prediction-domain parameters on the basis of an

input representation of the audio content, the method comprising:

performing a time-domain-to-frequency-domain conversion to process the input
representation of the audio content, to obtain a frequency-domain representation of

the audio content;

applying a spectral shaping to the frequency-domain representation of the audio
content, or to a pre-processed version thereof, in dependence of a set of linear-
prediction-domain parameters for a portion of the audio content to be encoded in
the linear-prediction-domain, to obtain a spectrally-shaped frequency-domain

representation of the audio content; and

providing a representation of an aliasing-cancellation stimulus signal, such that a
filtering of the aliasing-cancellation stimulus signal in dependence on at least a
subset of the linear-prediction-domain parameters results in an aliasing-cancellation

synthesis signal for cancelling aliasing artifacts in an audio signal decoder.

A computer program for performing the method according to claims 15 or 16, when

the computer program runs on a computer.




