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Encodi ng/ Decodi ng Schenme 5Specification The present invention is related to
audi o coding and, particularly, to low bit rate audi o coding schenes. 10 In
the art, wegueney:2donmai n codi ng schenes such as MP3 orcAGo@voe7knOWN.
These frequency-domai n encoders are Based on a tinme-domai n/frequency-domain
conversion, a subsequent quantization stage, in which the quantization
error is controlled using information froma perceptual nodule, and an
encodi ng stage, in which the quantized spectral coefficients and
correspondi ng si deMubfi-ResaittianSaitchedniudip Enerdiog®dcedingp§clmote 15t abl es. On
the other hand there are encoders that are very well suited to speech
processi ng such as the AMR-WB+ as described in 3GPP TS 26.290. Such speech
codi ng schenes performa Linear Predictive filtering of a time-donmain
signal .5 Such a LP filtering is derigegdificattyn a 20 Li near Prediction anal ysis
of the input tinme-domain signal. The resulting LP filter coefficients are

t hen quanti zed/coded and transmtted as side information. The process is
known as LTheepresept suertidnon reistilitg apdipcyoding: andp gargelail. Brlow it 2fq %0 { he
predi cti ongglifgiseikdessi gnal or prediction error signal which is also known
as the excitation signal is encoded using the anal ysis-by-synthesis stages
of the ACELP encoder or, alternatively, is 25 encoded using a transform
encoder(, wiithé ats Esqeenbpdpinein ¢odingsicbemesniuch aarMBY r | ApC arh knesei Bhegh

bet ween thﬁeq@ggy%om BRoaBd atd6asdd 3RS @heniGReadreaXaicy Aoinam @edimignyhi ch is

al so call ed coding I's done using. | osed | oop or an open op.
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Ef fi ci encyinfyi@aidiERAGC) paftcpmaiodbdde, smideaneenontling hstagontn whishahe Ap@tizedi ng
schene and, g speCLiAl.nRaRf HEPbERLL e (nBRatlR G ety CABodl SRing&ogONDI ned
With a joi Bt Stereo or a milti-channel codi ng tool which is known under the
t er m " MPEGaBlg#.r ound" . On the other hand, speech encoders such as the
AMR- B+ al so have a high frequency 35extension stage and a stereo
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accordance Wth ¢claim9, a decoder. i ccordance wit a1 od o
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codi ng/'encaodi ng schene 1s advant ageouys, 1pn that th t _codi al.gagrithm
can al ways derdsienpeweanthe HCH-Feding ’ﬁ‘g éli‘egﬂ'&?s E%tﬁ‘g‘icgeﬁfcé?ﬁl@ cogﬁ&%@& '8

di f f er ent | Wiso tAIRAMGIE edding 13\dend iisiip dedesdiadp draskpéoloopalgpythal. codi ng
algorithmwhich is perfectly matched to all signal characteristics. Such

schene woul d al ways be a conprom se as can be seen fromth
di f f er ence&razpensatdomain sedie coding tspleempssugly as E)heeﬁlﬁ@d%&@‘eaw w %ﬁ%%@d and
speech 3gNC QAR ImeORhEHE vliiefonktang anl ST @eding bdtemprags especiml/igmtl irgpiicetonmbi nes

di fferent j l.gorith uch .as - j Thidh8 Qdidgh8orne
hand, and ggggﬂ%f:@m&bcd?aﬁg&gﬂ eo?qr?m%dg\r?‘?‘?%gﬁ‘gtt ﬁgr(réb %gﬁ ‘g\netchi&% a swt ched
scheme so tviadh is koowennder thedéro ‘SYIBRGEIsumenndi on, the optimal |y matching
coding algorithmis selected. Furthernore, it is also a feature of the

present invention tngh bot h, 25 codi ng, br cg§®{ i iqg( cy
convert er, Quthejehgndowreiy ‘IS‘F%%&%?“%E 3183% '?gﬁgiainsgggn%érl rfré(ﬁ'gﬁagn LPC
processdr iextepfion sdgdandbhEtaedhoeionabgnvert er makes sure that the second
codi ng branch is better suited for a certain signal characteristic than the
first coding branch. However, it is also a feature of the present invention
that the signal output by the domain processor is also transforned into a
spectral representation. 30 Both converters, i.e., the first converter in
the first coding branch and the second converter in the second codi ng
branch are configured for applying a multi-resolution transform codi ng,
where the resolution of the corresponding converter is set dependent on the
audi o signal, and particularly dependent on the audio signal actually coded
in the correspondi ng 35 codi ng branch so that a good conprom se between
quality on the one hand, and bitrate on the other hand, or in view of a
certain fixed quality, the lowest bitrate, or in view of a fixed bitrate,
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I n accordance with the present invention, the tinme/frequency resol ution of
the two converters can preferably be set independent from each other so

t hat each tinme/frequency transformer can be optimally matched to the

time/ frequaneNed®s! ution requirenments of the correspondimgsgiognas. The bit
efficiency, i.e., the relation between useful bits on the one 5 hand, and
side information bits on the other hand is higher for |onger bl ock

si zes/wi ndow | engths. Therefore, it |s preferred that both converters are
mor e bi asEEaueBeYaAqeHe &pding sehsimer dffgidvan@penus in that ithey) showi el g% dbunt  of
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conpar ed Hgmgﬁplying shorter block sizes/w ndow | engths/ transform |l engths.
Preferabl?, the time/frequency resolution in the encodi ng branches can al so
be 10 influenced by other encodi ng/decoding tools |located in these

branches. sReqf @il shehfesHHOCo RgbhcQRlinofdpspaeh siaaRrdved aglothbitrd@iEiun

converter ,such as an LPC processor ,conpr|ses another hybrid schene such as
an ACELP %’Pa’ﬁé}?%?]“aﬂﬁ’efg&ﬂ@%%ﬁ&?”éﬁwgﬁr CX scheme on the other hand, where
the second converter is included in the TCX scheme. Preferably, the
resol uti og g otbjlt%t &f‘tH@éHe%ﬂHﬁ@&ian@BYcﬁide@h inBFAE@ EndoBingfiecoliing ddhadpeh is 15
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branch, musdpube peipess bir dcebahad vattesi@Eni 51.such as an LPC anal yzer for the
domai n converter, a TCX encoder for the second processing branch and an
ACELP encoder for the first processing branch. O her applications are al so
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codi ng br et she highessquabiyds olfained. agai n deci des bet ween two processi ng
branches, but in a domain different fromthe "outer" first branch donmain.
Again one "inner" branch is mainly 15 notivated by a source nodel or by SNR
cal cul ations, and the other "inner" branch can be notivated by a sink nodel
and/ or a psycho acoustic nodel, i.e. by masking or at |east includes
frequency/ spectral domain codi ng aspects. Exenplarily, one "inner" branch
has a frequency domai n encoder/spectral converter and the other branch has
an encoder coding on the other domain such as the LPC domain, wherein this
encoder is for exanple an 20 CELP or ACELP quantizer/scal er processing an



switch for the second domain signal and the third domain signal is
provided, and wherein a second switch for swtching between the first

domai n decoder and the decoder for the3 second domain or the third domain is
provi ded. vaPiedeos¢d enbodi nents of the present inventpammri®osubsequent|y
described with respect to the attached drawings, in which: Fig. lais a

bl ock di agram of an encodi ng schene in accordance with a first aspect of

the present invention; 10 Fig. |bis a bl ock dj.agram of decodin sche
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switch Preferably, the resolution of the time/frequency converter located in the TCX branch is
15 also influenced by the encoding decision, so that a portion of the signal in the second
encoding branch is processed in the TCX branch having the second converter or in the

ACELP branch not having a time/frequency converter.

Basically, neither the domain converter nor the second coding branch, and particularly the
20 first processing branch in the second encoding branch and the second processing branch in
the second coding branch, must be speech-related elements such as an LPC analyzer for
the domain converter, a TCX encoder for the second processing branch and an ACELP
encoder for the first processing branch. Other applications are also useful when other
signal characteristics of an audio signal different from speech on the one hand, and music
25 on the other hand are evaluated. Any domain converters and encoding branch
implementations can be used and the best matching algorithm can be found by an analysis-
by-synthesis scheme so that, on the encoder side, for each portion of the audio signal, all
encoding alternatives are conducted and the best result is selectéd, where the best result
can be found applying a target function to the encoding results. Then, side information
30  identifying, to a decoder, the underlying encoding algorithm for a certain portion of the
encoded audio signal is attached to the encoded audio signal by an encoder output interface
so that the decoder does not have to care for any decisions on the encoder side or on any
signal characteristics, but simply selects its coding branch depending on the transmitted
side information. Furthermore, the decoder will not only select the correct decoding
35  branch, but will also select, based on side information encoded in the encoded signal,
which time/frequency resolution is to be applied in a corresponding first decoding branch
and a corresponding second decoding branch.



posi ti oned subsequent to encoding the branches; 10 Fig. 5aillustrates a
wave formof a tine domain speech segment as a quasi-periodic or

i mpul se-like signal segment; Fig. 5Sbildustrates a spectrum of the segnent
of Fig. S5&o &gz Scillustrates a tinme donmai n speeche@egrentooeihs unvoi ced
speech as an exanple for a noise-like segnent, Fig. 5dillustrates a
spectrumof the tinme domain wave formof Fig. Sc; 20 Fig. 6illustrates a
bl ock diagram of an analysis by synthesis CELP encoder Figs. 7ato 7d
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accor dancgm\’\ﬂf quem:)? resglutlon would be possible for any coding branches.

The second switch again decides between two processing branches, but in a domain
different from the “outer” first branch domain. Again one “inner” branch is mainly
15  motivated by a source model or by SNR calculations, and the other “inner” branch can be
motivated by a sink model and/or a psycho acoustic model, i.e. by masking or at least
includes frequency/spectral domain coding aspects. Exemplarily, one “inner” branch has a
frequency domain encodet/spectral converter and the other branch has an encoder coding
on the other domain such as the LPC domain, wherein this encoder is for example an
20  CELP or ACELP quantizer/scaler processing an input signal without a spectral conversion.

A further preferred embodiment is an audio encoder comprising a first information sink
oriented encoding branch such as a spectral domain encoding branch, a second information
source or SNR oriented encoding branch such as an LPC-domain encoding branch, and a

25  switch for switching between the first encoding branch and the second encoding branch,
wherein the second encoding branch comprises a converter into a specific domain different “
from the time domain such as an LPC analysis stage generating an excitation signal, and
wherein the second encoding branch furthermore comprises a specific domain such as LPC
domain processing branch and a specific spectral domain such as LPC spectral domain

30  processing branch, and an additional switch for switching between the specific domain
coding branch and the specific spectral domain coding branch.

A further embodiment of the invention is an audio decoder comprising a first domain such
as a spectral domain decoding branch, a second domain such as an LPC domain decoding
35  branch for decoding a signal such as an excitation signal in the second domain, and a third
domain such as an LPC-spectral decoder branch for decoding a signal such as an excitation
signal in a third domain such as an LPC spectral domain, wherein the third domain is
obtained by performing a frequency conversion from the second domain wherein a first



10aspect of the present invention; Fig. 11Billustrates a bl ock diagram of
anot her enbodi nent of an inventive audi o decoder; 15Fig. 12Aillustrates
anot her enbodi ment of an inventive encdder; Fig. |12Billustrates another
enbodi menty@b,1@80s0kvent i ve decoder; Fig. 13Aill ustrat epedBeobddlo®hk el ation
bet ween resolution and wi ndow transform 20l engths; Fig. 13Billustrates an
overview of a set of transformw ndows for the first coding branch and a
transition fromthe first to the second .codi ng hranch; 25Fg. .

13Gi | | ust reatiteh fof thy sspend; donagy signal ped B thitg %&&% §%M@§§?$ngm&% ndow
sequences secndt dwétchifos bwikahilighbeteandie fnddsednaelecair hod tie decadsibrdre to t he
second br v EL.g: il ram ng of a preferred enbodi nent of
t he secongggogl idﬁgﬁ@@%?}?ﬁhr; aﬁgh%igéﬁaf%st rates short w ndows as applied in
t he second coding branch; Fig. 14C |lustrates nmedi um sized wi ndows applied
i n t he ssecaBlrredethhaiiREme61the BhestritGnvehddd drk ysbseqicntly Hesabad willovespappl | ed by
t he seconqgcolgai g% dgr anch; W§. ﬁ/o 2010/ 040522PCT/ EP2009/ 007205 Fi g.

14Ei | | ust r'af &8&° §<‘@’H§?’éﬂ‘y § gquence of ACELP frames and TCX franmes within
a super frame division; Fig. 1l4Fillustrates different transformlengths
correspondijngat 0 di ff£E166¢ didkh ARl f I QALEISY sch8®O inthdcorandonit heirsagrod
encodi ng branch; and |g. 14G | | ustrates a construction of a w ndow using
the definitions of ?f'g‘? agat Invepligl. 1 1A j|lustrates an enbodi nent of an
audi o ¥ncoder for encoding an audio signal. The 10 encoder conprise a first
codi ng br afflghb‘loo. fQra @eapﬂhée}gm 20 AnSi@BAL iHSicB@afel ditSthe GO a8 ot
algorithmto obtain a first encoded signal. The audi o encoder furthernore
conprises a second EbHFRESHY HERIBHO for encoding an audi o signal using a
second coding algorithmto obtain a second encoded signal. The first 15
codi ng al ithmis..dj e 0 [ I LF
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branchifand t he secopweedditiegpreanerettetpr ovi ded so that, for a portion of
the audio signal, either the first encoded signal or the second encoded
signal is jl.n.an encoder,output signal 801. e. [ c r, | trated
in Fig. 11%.&3' di ti offaf Ibyl/Oc oft ?rge_s ey E‘?%%‘é‘ﬁng‘ﬁ‘%ﬁb%‘grg%g%ﬁ%zg’%vﬁn%%h@s
configured for anal ypsrepigpfahqresehomvefiophe audi o signal to determ ne,

whet her the portion of the audio signal is represented as the first encoded

signal . or the second encoded signal in the encoder o I 25
The sighal lt:‘ﬁr?:h yzer ‘%ﬁ?ﬁ%‘?@“q @a@rmcﬁ&%(}dzng:sgﬁ?rp%hnr%:gg@%éce\%gﬁggfegg&d

det erm ni ng a respeespevieofthamefentgueniton. r esol ution of a first converter 410
in the first coding branch 400 or a second converter 523 in the second
encodi ng branch 500. This tinme/frequency resolution is i ed, n the
first encoti8dtsi gnals drbl9dkedia@adn %‘h@%‘é’gﬂlgsﬁc e é‘fﬁ%@%‘ﬁ? i“ﬂtg‘ 3 brtion
of the audi o signal asmcgeniy presst invention

25
Fig. 3a illustrates a block diagram of an encoding scheme in accordance with a
further aspect of the present invention;
Fig. 3b illustrates a block diagram of a decoding scheme in accordance with the
30 further aspect of the present invention;
Fig. 3c illustrates a schematic representation of the encoding apparatus/method with
cascaded switches;
35 Fig. 3d illustrates a schematic diagram of an apparatus or method for decoding, in

which cascaded combiners are used;



30 The audi o encoder additionally conprises an output interface 800 for
generating the encoder output signal 801 conprising an encoded
representation of the portion of the a4di o signal and an information

i ndi cat i ngygiigh/REst he representation of the audi o si gnedmeBodidoeesi r st
encoded signal or the second encoded signal, and indicating the

ti me/ frequency 35resolution used for decoding the first encoded signal and
t he second encoded signal. 9 WD 2010/040522PCT/ EP2009/ 007205 audi 0 si gna
fromthe dimaen, i nillusirates amdllustiation of gnme; dompip sigatlednd @ FHESPIINS

encodi ng branch i nt@pRsdidibardnhe dacmicd. sigdabilanaiting shoe cdossafade cegioerter is
an LPC processor 510,. but .t he, domain co [ .can be inplenented in any

ot her way as | ong aghvﬁgmdgﬂﬁ¥%l€§W®§P‘g¥§f§g%%fferent fromthe first
converter 410 and the second converter 523. 5 The first converter 410 is a
tinme/fsequenay convgiekesPd 8fdek a@iogyarﬁamim b Switgh Povititekavietord 108 easvding
transfornmer 410b. The w ndower 410a applies an analysis wi ndow to the input
audi o signal, and tﬂ@m¥$ﬁnsforner 410b performs a conversion of the

wi ndowed signal into a spectral representation. 10 Anal ogously, the second
converter ﬁgg%bpref efiRflfesC AMBLS Chaga¥ BEMEENRARE 3Mme SAthSeRUSRdhY
connected tTansforner 523b. The w ndower 523a receives the signal output by
the domain conver t ePOSHIOOChHPSEYERIP EPTHE %@3W§ﬁ&representation t her eof
The rggult of one anal ysis w ndow applied by the w ndower 523a is input
into the tx formey t : LR el

t ransf or rreFlrigggn be 1{111}]15,5:%%% ao??avé?%%rgéggbﬁé %@Fggggg or ﬁip%r%alt%%ln%eiﬁﬁgca
correspondi ng al gor¢rtimpriserlikopignmseerditthar dware or in a m xed

har dwar e/ sof tware i nplenentation. Alternatively, the transforner can be a
filterbank.inpl ementation such _as ' . k which can be based on a
real-valugg; conp@@%nﬁﬁéﬁ¥gﬁl5%°§?g%§%%bt%?§'gﬂfilter. For specific .
filterldank inplementations, a windowis 20 applied. However, for other
filterbanksii gl enenfiRbhHaS tirfe WAL WHIREh agmeansf uhesicidipeechidsan skamnple

al gorithm based on_g FFET, o& MDCT is not necessary. When a filterbardc

i mpl ementation is uPbaPOBHUKS 5P terbank is a variable resol ution
filterbanlc and the resolution controls the frequency resolution of the
filterbanks, agd addjjfkeRald dhecthhi® of ihdEinfeaRalal WAR 0 6y, dde frequency
resol ution %nd not the time resolution. When however, the 25 converter is
inpleﬁ@nted as an FFT or MDCT or any other correspondi ng transforner, then
t he frequeligy r esol illuktoates sblodndiegtmobitao andlpsis bynsynthesio CLLP gncddarit hat  an

i ncrease of the frequency resolution obtained by a |arger block length in
time automatically corresponds to a |ower t{inme resolution and_vice versa.
30 Additi drigs- 7y, theotd ﬁiﬁﬁ%‘éﬁiw@/%&vaﬁ%ewlwgééa%e §f%er/ coder
stage 421, and the sesoadilendgdisng branch may al so conprise one or nore
furth coding tools 524. Inportantly, the signal analyzer is configured
for geferating a resolution control signal for the first converter 510 and
for the sebprtt conv&hﬁéwﬁgzg.emﬁﬁg?ﬂéﬁ%ﬂﬁaéﬁﬁﬁdgﬁﬁmﬁgh@h%ﬁﬁ%ﬁ~BgﬂEﬂﬂ?rol in
bot h codi ng br anchesnfbsndtidhgdaRippsliitdnREoLextittibayvsemal.codi ng scheme whi ch,
on the one hand, provides a low bitrate, and on the other hand, provides a
maxi mum quality in view of the low bitrate. In order to achieve the | ow
bitrate gokig,7fl ongeillwstradowiirdrgtmbodimenteignaLPCrdswist Sorrenesaipgs waighted
prefergged, but in sifuations where these long lengths 10 WO
20101040522PCT/ EP20097 007205 wi Il result in an artifact due to the low time
resol ution, shorter w ndow | engt hs and shorter transformlengths are

appl i ed, whigchy r esulilstites anl inwemdntaipueihc yrandemiing iaoweighteé fsegnabinfo aphe

si gnal anal yzer appl.i a._st-af nstic L vsi v e ABA Vi awhi ch
is suited to the cof%ggggﬂd%%%ﬂaF%J%#%h AShfveRE RBYNOIARlpe a

) | In, the encodin 58 apnghes. In one
i npl ement ati on node,sSubSEAVHT BXFIBLQHRANSIE IGTHPHE ¢ ‘F%ﬂi’é’ﬁ“‘% go?f’@qzléncy
domai n3godi ng branch such as an AAC-based encoder, and in which the second
codi ng brapch, conpri.se S opmi_n_cenver . : r t he
i anal’ analobr por oyl & el Rl L - Adnkel eBEARE REREpds 10
portion of the audi ovigi grembadiménd ¢f ihstpgesemidnwationid codi ng branch by
correspondingly controlling the swtch 200. A nusic portion of the audio
signal is fed into the first coding 10 branch 400 by correspondi ngly
controlling the switch 200 as indicated by the switch control I|ines.
Alternatively, as will be later discussed with respect to Fig. IC or Fig.
4B, the switch can also be positioned before the output interface 800.
Furthernore, the signal analyzer can receive the audio signal input into
the switch 200, or 15 the audio signal output by the switch 200.
Furthernore, the signal analyzer perforns an analysis in order to not only



35 The audi o decoder conprises a first decoding branch 431, 440 for
decoding the first encoded signal based on the first coding algorithm
Furthernore, the audi o decoder conprisés a second decodi ng branch for
decodi ng Hhewsesead encoded signal using the second coeimgrzadegoriod hm 11
WO 2010/ 040522PC VEP2009/ 007205 The first decodi ng branch conprises a first
control |l abl e converter 440 for converting froma spectral domain into the
time domain. The cantroll able converter is conf“gr ed for ?ei controlled
usi ng t heFig fre/ f r edliesialps a sxedereediearborineest akd P téﬁ%“?‘?ﬁé‘mﬁ $ Lt Bhcoded
signal to 5obtain the first decoded signal. The second decodi ng branch
conpri ses,a cond ; I £ :C r I : S tral
ropr esont Bt S dTEtal o BB QRURIIRIof BE AL WP B8R 7 or
534 bei ng confi gur deor daeisivs; ¢l control | ed using the time/frequency

resol ugion informati on 10991 for the second encoded signal. The decoder
addi ti onalll onpri.se congraoller for. ol Li the, 1] nverter
540 and t h@yé@’cond 1ﬁgsiv§§taéxrfli§ 1R oggtggrsggtﬁggoﬁvént '{zlée!tr%glgtl?n% HS%%J&% cy
resol ution infor natdeowiog@iode15 Furthernore, the decoder conprises a domain
converter for generating a synthesis signal using the second decoded signal

in order to cancel the domgin conversion applied,by the domai rter
570" nt hEisidoder BFSUEIE & DGOk CaRTamS A Ao R4rE T BRR TR H UL AR50, | 5
an LP@synt hesi s prapessithe pwhint mvestiepnt rol | ed using LPC filter
information included in the encoded signal, where this LPC filter

i nformati on has been@%enerated by the LP&;progggsor 10.in Fi%i 11A and has
been i npufig htl t hellasiaidadlaskdimerans phanefhen emBodment{ 3P MEPEY “4i%e audi o
decoder finally conpcb&kes a conbiner 600 for conmbining the first decoded
signal output by the first domain converter 25 440 and the synthesis signal
to obtain a decoded audio signal 609. In the preferred inplenmentation; the
first ldecdis. ﬁié‘\braﬂBhSt@éR&iaﬂﬁ"ngWd@éﬁ%Pf@b’é“’%t’déﬁﬁ%ﬂq?‘i?zer/ decoder stage
431 for reversing or at least for partly reversing the operations perforned
by the corre ndi ng encoder, . st age ,421 ot las..cl ear that

quant i zat iﬁﬂﬁﬁiggcannzgflsﬁgesrag?/%?rse ,Odisnlaer%g \A?l\ségrlﬁrsveggcfdggréy oper ati on.

However, a dequantizer will reverse a certain non-uniformty in a

quanti zat ifah 13HCh aFiu@rdiRARE infdilabiof betoRBARRS NG Sdanhi@atramsforri n the
second .decodi ng bragch the corresponding stage 533 is applied for undoing
cert aifl encodi ng op P@#%ons applied by the stage 524. Preferably, stage 524
conprises a uniform 35quanti zati on. Therefore, the correspondi ng stage 533

Wil not Hﬁ%%ﬁ S pegiufifes SRR d @RSk AIRIGTnERAIbNGeErgebdiagn uni f orm
1 ON.

guanti zat 12 WO 2010/,040522PCDEP2 %3/007 05 The first converter 440 as
wel | as the second @Bﬂgéwﬁéﬁm§§ﬁo 9“58 it & 55%%?&% SIHfuﬁ%’inverse
transforner stage 440a, 534a, a synthesis w ndow stage 440b, 5346, and the

subseguentyy \gennechd gyt LiaRladst Haas A8k sardioes Hifamgalihdsl add st ages

are required, "when e con , and nore specifically, the tragsforner
stages 440a, 534a appamencss &r thedirpirodmeEamehend SINERREs B adransition 9dhg
nmodi fi ed discrete cegbhEbhh@nsform Then, the overl ap/add operation wll
performa time domain aliasing cancellation (TDAC). Wen however, the
transforners apply a non-aliasing introducing transfaorm such as, an inverse
FFT, then Ep ldver | apladetesthe fremingef apefgped pabedimert of the ssepog caiing

i mpl ergnt ation, a cpRgsh;fading operation to avoid blocking artifacts may be
appl i ed.

Fig. 14B iHustrates short windows as applied in the second coding branch;

Fig. 14C illustrates medium sized windows applied in the second coding branch;

35
Fig. 14D illustrates long windows applied by the second coding branch;



10 Anal ogously, the combiner 600 may be a switched conbiner or a cross
fadi ng conbi ner, or when aliasing is used for avoiding blocking artifacts,
a transition wi ndow ng operation is inplenmented by the conbiner simlar to
an over | ap/pgdyeh®ae Wi thin a branch itself. 15Fi g. | midi®istabes an
enbodi nent of the invention having two cascaded switches. A nono signal, a
stereo signal or a nmulti-channel signal is input into the switch 200. The

switch 200 is controlled by the decision st 300. Th L.Si on st.age
recei ves, Figs14h i np&%‘%sffatcis§1i‘WPIWWE?WtOE%Q%ﬁ.m%T%@W@t 7t he
deci si on stage 300 argayerdtanz didigien,yve a side information which is included in
the nono signal, the stereo signal or the multi-channel 20 signal or is at
| east associated to such a signal, where information is _existing, which
was, for Eiealfl e, dbuserpigs diffevgnemansiorgy laegthscosresrpadingde iflsrstbno signal , the
stereossi gnal or thgndfddubndadneions fg B secdideendetingbramnchsumge 300 act uat es
the switch 200 in order to feed a signal either in the 25 frequency

encodi ng portion 400 illustrated at an upper branch of Fig. la or the
LPCdomai nFentdi ng ibestiates a copougtidnpfiarvandav uting the gabritions:idig iIAFFi g. 1a. A
key el enent of the frequency domain encoding branch is the spectral

conversion. bl ock 410 which is operative to conyert a.commbpn. prep essi ng
st age out Elﬁt i éﬁgfrat(:%gn gp@gﬁ@gz@d)ﬂaglagﬁﬁo Sﬂﬁod%{% eﬁcogﬁ’éc%“raé'ﬂw%” rffli ‘ﬁﬁw’The
spect 1@l  emoiar @ingmisblaofist neding brinvid d0& folVBECdmg gar dudimypigaal ving 8Girgn FFT
al gorit hgko{ﬁnﬁlviﬁ%cghg& t@Bfi’tLi%siiﬁstcgnc@deﬁ:csig%lglr. banl ¢ such as a critically sanpled

filterba certaln nunber o I'l terbank channel s, where the
subband signals in this filterbank may be real valued signals or conplex

val ued si gRakadio Fheodet fipterdre tcompEpact s@bnd oodiag dranoh 50O dlr &ikOding aencoded
using a spegtral aydiq der:. j y s, c;;%ﬁ%rqgl Bi;qcks as
known fro%jcﬁ%g%éé%écﬁ %Q&lgc%gﬁé.%}%?%?\%?%y% &t% e pr‘?g(?:ég ) qr;%r I ﬁ 6 anch
400 i d5a prdemdeenibmipdifferst Fapithosecprsed narirityp. AdHBeNREY DRSETHI o del .
Thus, thi sphranehitdmeebswebe thaman ddihist braycls yad el seoad \Wodigg Storamd. is
Contrary thereto e.processi ng..i.n bran 5 s .t t Lgpal in
the | 13 WBSSSEE b AbRoPe Do 0 3 Eiak et e B OBRAA S BLART. 1
Gener al | y secohderpposhbsgiahiy i an preadeotruanosigaal #0pr ocessing in a speech nodel
or an information generation nodel. For speech signals, this nodel is a

nodel _of e human eech/ sqund. rat.j.on,system generat.i I f,
noweval. TR autoRpa ke dh e T LS afitiSug ¥ P Y Rl tfas,

gener at i owhinhde konfigural foe afalprinpa edrtion v thet dusliqriensd 4 detgrine. brhether 1800 nay
be differ %ﬂnttio ilog H&Qﬂd#o@%ﬁl ﬁQ&RE’deﬁﬂdQﬁ MG sPCoded stoRMl SHRIRRbNd éncdfed PC

device 51 ] out puts an,LPC information which 1s used for controlling
t he char acieadliis fhecacser aprytsigng} §4%er  This LPC information is transnitted

to a decoder. The LPC stage 510 output signal is an LPC- 10donai n signal

whi ch ,gonsy, st g,gﬁ 0"’3‘?35?5 iaggfg'%ggs g@ﬁﬂ&h&@%g@@aﬂw Rbgsbis| iniff& LPC

devi cé generalty ., domal n si gn whi ch can a [ | in
the LPC doemeetive tiste/fesuensy resefytiontof @ firgicgRygrier Alimgthe %é“ a?tgag %Péhg‘gﬁ
si gnal i n dridsechd Qonviiér GBeR GiegiRadnd Wiiodinghbandie 600.gEie riat@fiednenappl yi ng

LPC filter copefficients.to.an audi 5Si t.her : : ice
can al so d"éstog‘\? ng THRbEL 2BSt ftgeciqlg%t énc%ﬁ%{'%éﬁ? agl%g oﬁgugag%@zg eg%tggéglt% ese
coef f i ci eremeseting the phsion of the avdie sigaeliis kengradedhge can be signal - adaptive so
that tfpe deci sion stage perforns a nusic/speech discrimnation and controls
the switch_200 in such a hat 20. nusi c_signal s. are.4 pput i nt.q t upper
branch 400 Meafdi%s B‘é‘é’@ﬁr g@cﬁﬁé}a@ya@ggﬁ%gm i% fpggt‘ﬁga?cgm@d Erra%%nﬁ%gé.tﬁfn one
enbodi nentepcddesoudpdtistineh8t agprisieg o etdodgd rapsesersation fithd prrdemeftthomdiat o an
out put bitg Sty ga Siﬁf&rﬁﬁttior?‘ingﬁﬁl@@e@h&% tHS fophdibatRCdss tHehulifaf Pgramisi he 1N
order to pefformthe correct decoding o eratf ong.. .SSuchha decpder is

i |1 ustrat dirst enopsigl sigpal qm thessegend e%‘iﬂdb‘gﬁ%‘?’taﬁ LEEE e B S B der 421
is, afier kesarRiuSE fondedotigithd Msen@odadatinabindabesconteaoddnd si@il. The out put
of the spectral audio decoder 431 is input into a tine-dormain converter
440. Anal ogously, the output of the LPC domain encading branch 500 of Fig.
la is receThescand ankediog brsael lsgfrr@feraawddtffp@e@ﬁ'@@dh%t}rséF%??émgg” ndhet 534

and 532 f e QRbAd BhddEirdbraRle 8%Gbhaly Qhpsise@lomdif@onverter for converting the



30 LPC excitation signal is input into an LPC synthesis stage 540, which
receives, as a further input, the LPC information generated by the
correspondi ng LPC anal ysis stage 510. %he output of the time-domain
convert er wi@n@énr the output of the LPC synthesis sgcgerbi@oane i nput
into a switch 600. The switch 600 is controlled via a switch control signal
which was, for exanple, generated by the decision stage 300, or which was
externallngrow ded 35such as by _a_ creator of the orig |na£w;mno si_gnal ,
stereo si ghdip signaliframe thecdomir in Sibighdhe augirsigra!l it proggssehia oISt RRBEBE s a
conpl et e IxRneh /ﬁmgaalffe/ratt 2bReinS E@ftﬁtﬁbtpthemhtamtmﬁaeér i ug RAC. prockdsor®1 0, 0
201010405 P2009/ 007205 The. i nh i gn t t he
deci si on ipﬁ% CE gcﬁwstgeracarrrto breomjlénleon%nlte% # ﬁv 6tﬂér0w£)h§s FeWg a%%rztl man el
si gnal or cgmm;malbIdyffeaﬂnt&ermtbeﬁrsgmﬂvert@éﬁ@ﬁ@ﬁﬂ@SW“@H@“"G@% FBon whi ch can be
deriveg fromthe swtch 200 input signal or fromany external source such

as a prodycger. of the original, audi o si naI nder i.n n ut into
stage 5 23@“" fFﬁéog‘éﬁrteEﬁllg\}ﬁ ?é‘ﬁ@?d 9981 ﬁ’mt’ referXbl %0 EH%%%% ‘%ngé‘g%ch 400
and the Lm})ae:ﬁmiadir:m;fdmnmwwm m‘ﬁdewf::r:e@aemlycsen@o@wsagwmdawdh thsomput

conpri ses 4 gfg%ir i‘Ad He ’&\égsfféhr% 43RG rhO 2 R0 Rsi S BSEE Waitfohkd eRRREETed
quanti zi ng co The quanti zi ng/ codi ng stage can include any of
t he funct AR ‘ieé‘é?s HRown from nodem frequency-donai n encoders such as
the AAG encoder. Furthernore, the quantization 10 operation in the

quant i zi n%ﬁfgou 2 th%%gco%a a%@&td?%ﬁﬁ@‘%ﬁ%b‘lye‘ém‘ﬁbﬁs@ @W&ﬁ%?@gﬁ Iz odul e

whi ch genéra sacoust as a aCOUﬁtIC maski ng

t hr eshol d ssbsequente cemeqtgé iapsfoumra 5838 nihe WinfeWsrer 48 ﬁ“-‘qegfef H‘ﬁu‘t‘gi} PYPHhe
stage 421.pyliRe iRaik E’&ueaepsil m&dhmn@huhe t“hﬁd(ﬁwdtreﬂiremutapuﬁ tteregificlhei result

d t RGn d
pLacessed Fo 8y LSRR e B2 R RO AP RSOk TS Sbouand

addi t i16nalfoswiat spiectfad rresqumpngl‘hmraﬁtfam rcaprtﬁceséil’rytg%vreﬁteb ly Pé6rai n
si gnal betﬁé@&é&o@t&&l@:ﬂéﬂt@td QeGRALRG a@g@ﬂt}ﬁﬁ 0 ofBdide blﬂhd:rl?!@arb REidamikel or a

guanti zat i on stage, 524, . whi t

LPC- spect rhét %’ﬁt?‘%" pigmeniation- ‘gp %t:‘% cohaf/leﬂﬂg LQ Iﬂtﬁow ed at
the input xn@letﬂ@ataqummdlzas BB diltarpasit HQ@hZ@n bohasedpe aﬁﬁ‘t‘@lﬁe@glcqf@‘ex
control | ed,idyAln Q:?eal‘ to%%?pé ﬁﬁ&' @Qr ‘Qf:cc?ﬁcchﬁz&ﬁﬁﬂd Q@;ﬁexﬁ@tﬁﬂldﬁ@, éi&ﬂﬁcﬂtﬂﬂr "\Q on

fi tt bed
:ng: f%l gatsq%l%]t‘f’l ) "‘E’Ffe f‘c‘}l B@ Pr?fgﬂﬂ‘c‘glfé‘?%‘?n%r‘(?&% a t” gﬁ%aseteq gd‘p?l ohal |y
i ncl udes amnsﬂﬁmreﬂ@rﬁﬁndmﬁeﬂ ionea FEGdef MIMAT fiornot mecdsREy.dBfhan re Siltlgrbark  an
I nverse q“ﬁ@@eﬁeﬁ%ﬁ&%‘ %2%14["# ﬂ?er%ﬁg SREChAMe AQBRLDN iRk aRd RO

i nverse spe conver ut pu ILte th encoded and
agai n dec cra@&m@mgq@atrelsﬂhe fm@‘%‘%@‘@@@iﬁﬁ'@ OBF%EH%TL n‘hég‘gggﬁﬁd Ei5 B¢
branch ar eresdttﬂwtl dr Bh@ thd BequdhéCRssI0M Bl ndethe timea2dlutian. When dwvech, tho ntrol

devi ce, out I r toa
tar get uné(:‘txw 853r1 “&?%Q*lg%%ngﬂg?csrl@%%%ﬁgca ﬂate Wdﬁ%@?"‘%@%ﬁsed on
a conpar i sthen the frequengly sesokution fs mnsvétdqws,th@ﬁawe%@mﬁat thap an WcERash OHAY i ng

the | ower ﬁ'éq%Ex@Jytrb%tio% o%&%d:dfb@ra 16te6i Blbaxdength irClimP @sbinkddally berrapbidsho 521
shoul d take Al fer na Pﬂ?%‘lf i.n case both branches provi de non-constant bit

rates, 19?”5’?1‘6‘??6&5 YiReV9Sher bit rate mght be selected even when
t he signal to noise ratio of this branch is |lower than the signal to noise

ratio tﬂﬁdtﬁ%ﬁ@lgl tteem&tbod tlﬁ‘ﬁﬁlﬂtxhé()etﬂmpr%% éﬁﬁnfté’érl&@@erfswg@m@narﬁioﬂibd use,

as an input

ghal to n ise rati’'o of eac nal ..an rate of
each si gnateceignged "ét%iﬁ‘iaf‘?*b‘ﬁéﬁ' algo pqnaRTisy "P‘horcﬁnﬂr&rhsntﬂ% T Frdine ?9‘?% Sltchlest deci si on

for a specific goal. for exanple, the goal is such that the bit rate
shoul d be dir jal Yorrely
on the bit 2 Oft%*“a??tﬁ?s‘??‘fﬁ“ ahdyact BBl B Bolerniy fg%%‘t@% gyl for

5 .
2010104052¢edritErreysr Obf pub 053116 seond Ccmamér? Thsnat H\é‘ei’\ﬂ&éwdﬁﬁﬁ? futiog ¢ o
haVﬁ ti@f? b@&ttmquﬁtadtﬁ Yodifig b&nemstleimpt&hltmecaﬁeordemmatzdne codtihg Gtheamnwirich, 525
m ght or e iscard ea na i C t rate
and when b8t >t§|h'3rsTF » &) owcgeél O\E‘\?“t %ith%ﬁ ‘%md % %323%}{ £ ;B%dQJL tg o%ltnr ol
woul d sel eqttahtt)hm 'ee\g of theHawi bigate.Ha ondar tte pctwgrther iom)bltrétegeair éﬂrtger windgw,
havi ng thele\?tmﬁﬁhhte{?néé}‘fﬁmfbﬁﬁ!én% QRMrEEred, Shointsitedifons WMicredise ingderatizeme in
accordance t e present invention is, as stated before, illustrated in
Fig. I b. For each of the three possible output signal kinds, a specific
decodi ng/ re-quant.izing stage 431, 531 or 533 exists. Wile stage 431
outputs a tine- 10 spectrumwhich is converted into the time-domain using
the frequency/time converter 440, stage 531 outputs an LPC-donain signal,
and item 533 outputs an LPC-spectrum In order to make sure that the input
S|gnals |nto smntch 532 are both |n the LPC—donaln the

—on A . e T T



nunber of channels input into block 101. The comon preprocessi ng schene
may conprise alternatively to the block 101 or in addition to the block 101
a bandw dt h extension stage 102. In th¥ Fig. 2a enbodi nent, the 35 output
of block Id&uddput into the bandw dth extensi on bl ogdg/ddsombt6d, i n the
encoder of Fig. 2a, outputs a band-limted signal such as the | ow band
signal or the low pass signal at its output. Preferably, this signal is
downsanpl ed _(e.g. by g_factor of twp) as well. Furthernore. . for, the high
band of |t NSl &5RIn 2 #BGE! 400 UA G0 BSOS "aeI T E s 0
2010/ 0405 22REIHERABMS A60FFNB, pahicmetsalts irs a ddwarsfrapentyr asoleinne Prfsably,
par amet er gy, §; | ' } dABkisRAHIAB LG 1©li. as
i SRR ) e O RRGEIRLGES o B} S frdiiopa

known from g ] C / ecgen?rat e,dpgerr‘}r(lj fo.rvvanryged tg.

bi t st r eamcAEFPPRsiingdorgbiys insthe eneodig Rrancheses Inyens Epdneiatige M98 f &0 ves t he
si gnal si npk fitshtcadibh OknchOid D freipipuy doflain bbdink bidzhisnciorsden ASCeeassidde

bet ween, for .example,.. LC . . t i de, the
ooper - encoiade By B kcondRofpl oo RRESCEU f dotlin Qv o LS, L
encodi ng lresesshr 500 the stasieb enalyyer Peefpersap specchiftisyedisgipiiatiqnagpothat the

ad fli tionalg iVecE F&F{ibg bfth%'lﬁdiio?igthﬁl @tlf%r 1]9% tlhte Q@d@n&_@ddiﬂgl?{aﬁéh ib}l“l@)ri&a;miimingtyht )

ext ensi on 0 0 a e un onalit. . e
specific sqobtﬁ‘g ng %ﬁlﬁg}tc}\)ﬂg@ﬁ A MSIgPOTIISH g %?Sdléo %é?ag rishgeﬁ_ggtgttﬁéaﬁggéoggen%t ain
time pértitomchf400Hey corpasporsiinghniconisoltifig theeswitehs 20rasidndicatsd B thenawitlsi ¢
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Generally, the processing in branch 400 is a processing in a perception based model or
information sink model. Thus, this branch models the human auditory system receiving
sound. Contrary thereto, the processing in branch 500 is to gencrate a signal in the
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Preferably, the second encoding rul e/decoding rule is an LPC based codi ng
algorithm In LPC based speech coding, a differentiation between
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t he cl @sur gotathbelsdtha@cthe inpdt hkis Hookoi se- 1 i ke portion of the audio signal
shows neither any inpulse-like time-domain structure nor harnonic
frequency-domain structure as illustrated in F]:_‘g 5c¢c and in lFi % 5d,, whi ch
i s differefibe $witah 100chag beani showpite aMHch PRvPaRcbqth PEANERSS 5P St Q81Yi 9iF PEFRt ed
for exanpl gckifeds dgnaby PBEkst Ancdthe oftler brAschddel nixereexintd d sighl kaaprecesarin an

however, t differentiation bet n_25 .nol se-| i |10

quasi - peri %gqr’&atﬁvﬁrﬁm%?gwq“kghcb%ervfa X\gﬁ% SC%I;]}} g‘fagoai%)de 'sgbag%p égdﬁg)fs- %@rgmatoLfg& f or
the exabt atiamplsihgaadio eddedel 42¢ dand the exsitaivn eppdehd o deh. 9 2¢Hehighmsnsthaict and
extracts fromyghensi gaRlsobRoRXE tHeadahRNsi@fal i aROAkn bidaE 16 not-duubheteor e,

qguasi - periodic | npul se-li ke poriiaons . and nqise-Iike,. tion | rina
30 tinely BERefo ?\{eé_qn%ﬁaeéﬁ%ﬂﬁtgmu&%qmﬁ;}%%i68ﬁ°ed6‘f)80§’ ‘9‘555%9%%0% in
tinme i s nokdsctand baraitee intpdret duput bitstteam. Theldaissingage Wil thanrppesate so that
guasi-periodic, i.e. tonal. Alternatively, or additionally, the
characteristic of a signal can be different in different frequency bands.
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al so be perforned frequency-selective so that a certain frequency band or
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frequency bands are considered to be tonal. In this case, a certain tine
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20 present sanple of the speech sequence is predicted froma |inear

conbi nation of p passed sanples. The predictor coefficients can be
determined by well-known al gorithns suth as the Levinson-Durbin algorithm
or gener akjgy2@dreds:ocorrel ati on nethod or a refl ecti onegmtdodoobdi g. 7e
illustrates a nore detailed inplenmentation of the LPC anal ysis bl ock 510.
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together with the output of block 10 536. Then, the comon i nverse LPC
transformcan be perforned in block 540 of Fig. Suﬁs‘gbﬁ ent | ?Fa

anal ysi s- biMthgughnsosies ofoghepFigac bt dhroygh |10 argii ‘E:*H'S‘@%cf‘s ﬁ’@f?f‘% Soff Wt h
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Revi ew® ARGFG "d’fj‘éﬁaﬁffgip‘m‘ﬁ’ e Raid s Bés of the | EEE, Vol. 82, No. 10,

Qct ober 1994, pages 1541-1582. The CELP encoder as illustrat ed in Fi g. 6
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(not the residual). The adaptive CB del ay and gain are found by m nim zing
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predi cti on isnRkdieae sudid sigeal.. The "opti num' code vector is selected such
that the perceptually weighted nmean square error at the output of the
subtracter 69 is mnimzed. The search process in CELP is done by an
anal ysi s-bysynthesis optim zation as illustrated in Fig. 6. 5



For specific cases, when a frane is a m xture of unvoiced and voi ced speech
or when speech over nusic occurs, a TCX coding can be nore appropriate to
code the excitation in the LPC domai n20The TCX codi ng processes the

wei ght ed gj@Rfdodegeat he frequency donmain without doi ng mhyemds@uwensd on of
excitation production. The TCX is then nore generic 10 than CELP codi ng and
is not restricted to a voiced or a non-voiced source nodel of the
excitation. TCX is still a source-oriented nodel coding using a |linear
predictive filter for nodelling the formants of the speech-like signals. In
t he AVR- ViBie kidie epouiendyrtierseteccnipised dhoneenmgn f FrePEsessiP@Xspgsd s Rifrd ACELP
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On the decoder-side, the bandw dth extension block 701 includes a patcher
701a, an adjuster 701b and a conbi ner 701c. The conbi ner 701c conbi nes the
decoded | ow band signal and the reconsilructed and adj usted hi gh band signal
out put by widsi@eiesst er 701b. The i nput into the adjustmirmERddcoaepr ovi ded
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t ool tBkeshlockfiorertessrsss T aranepdedsignak of orly 3888'949M8D. denul ti pl exer, parses
that information, and decodes the Huffrman and DPCM coded scal efactors. The

Input to t/t{'se i]ﬁl&?ﬁlt&{ %C%%r 3Q,Otih§ %L&%ﬁ c%ﬁﬁ‘lgcﬂrﬂ%htﬁ%l coi :rises49 converter 510 for
converting the audio signal in the first domain, i.e., signal 195 into a second domain.
Furthermore, the second coding branch 500 comprises a first processing branch 522 for
20  processing an audio signal in the second domain to obtain a first processed signal which
is, preferably, also in the second domain so that the first processing branch 522 does not
perform a domain change.

The second encoding branch 500 furthermore comprises a second processing branch 523,

25 524 which converts the audio signal in the second domain into a third domain, which is
different from the first domain and which is also different from the second domain and
which processes the audio signal in the third domain to obtain a second processed signal at
the output of the second processing branch 523, 524.

30  Furthermore, the second coding branch comprises a second switch 521 for switching
between the first processing branch 522 and the second processing branch 523, 524 so
that, for a portion of the audio signal input into the second coding branch, either the first
processed signal in the second domain or the second processed signal in the third domain
is in the second encoded signal.

35
Fig. 3d illustrates a corresponding decoder for decoding an encoded audio signal
generated by the encoder of Fig. 3¢. Generally, each block of the first domain audio signal
is represented by either a second domain signal, a third domain signal or a fourth domain



WO 20101040522PCT/ EP2009/ 007205 The scal efactor information for the
noi sel essly coded spectra The output of the scal efactor noi sel ess decodi ng
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25spect r aldomainy the fhied dtmﬁltnl @’édg'é dirstedomarn or agipsodes adiq pigha) 3Ff'e§’t feredt i on on
bit demandgisiesthetencoder. The use of the noise filling tool is optional.
The inputs to the noise filling tool are: The un-scaled, inversely

quanti zed spectra 30 Noise filling paranmeters The decoded integer,
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2010/ 0405 22RaH/ daP20a80afA206 the first domain which is the domam for the decoded output
signal.
15
The decoder of Fig. 3d furthermore comprises a second decoding branch which comprises
several elements. These elements are a first inverse processing branch 531 for inverse
processing the second coded signal to obtain a first inverse processed signal in the second
domain at the output of block 531. The second decoding branch furthermore comprises a
20  second inverse processing branch 533, 534 for inverse processing a third coded signal to
obtain a second inverse processed signal in the second domain, where the second inverse
processing branch comprises a converter for converting from the third domain into the
second domain.

25  The second decoding branch furthermore comprises a first combiner 532 for combining
the first inverse processed signal and the second inverse processed signal to obtain a signal
in the second domain, where this combined signal is, at the first time instant, only
influenced by the first inverse processed signal and is, at a later time instant, only
influenced by the second inverse processed signal.

30
The second decoding branch furthermore comprises a converter 540 for converting the
combined signal to the first domain.

Finally, the decoder illustrated in Fig. 3d comprises a second combiner 600 for combining
35  the decoded first signal from block 431, 440 and the converter 540 output signal to obtain
a decoded output signal in the first domain. Again, the decoded output signal in the first
domain is, at the first time instant, only influenced by the signal output by the converter
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to the actual values, and nultiplies the un-scaled inversely quantized
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represented by a second processed signal, i.¢., a signal in the third domain, and there is no
domain change between frame 3c and 3d. Therefore, generally, it is preferred not to
provide a cross fade region where there is no domain change and to provide a cross fade
region, ie., a portion of the audio signal which is encoded by two subséquent
20 coded/processed signals when there is a domain change, ie., a switching action of either
of the two switches. Preferably, crossfades are performed for other domain changes.

In the embodiment, in which the first encoded signal or the second processed signal has
been generated by an MDCT processing having e.g. 50 percents overlap, each time
25  domain sample is included in two subsequent frames. Due to the characteristics of the
MDCT, however, this does not result in an overhead, since the MDCT is a critically
sampled system. In this context, critically sampled means that the number of spectral
values is the same as the number of time domain values. The MDCT is advantageous in
that the crossover effect is provided without a specific crossover region so that a crossover
30 from an MDCT block to the next MDCT block is provided without any overhead which

would violate the critical sampling requirement.

Preferably, the first coding algorithm in the first coding branch is based on an information
sink model, and the second coding algorithm in the second coding branch is based on an
35  information source or an SNR model. An SNR model is a model which is not specifically
related 1o a specific sound generation mechanism but which is one coding mode which can
be selected among a plurality of coding modes based e.g. on a closed loop decision. Thus,
an SNR model is any available coding model but which does not necessarily have to be



replication of the sequences of harnonics, truncated during encoding. It
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In one embodiment, the first coding branch or the second coding branch comprises an
aliasing introducing time/frequency conversion algorithm such as an MDCT or an MDST
20  algorithm, which is different from a straightforward FFT transform, which does not
introduce an aliasing effect. Furthermore, one or both branches comprise a
quantizer/entropy coder block. Specifically, only the second processing branch of the
second coding branch includes the time/frequency converter introducing an aliasing
operation and the first processing branch of the second coding branch comprises a
25  quantizer and/or entropy coder and does not introduce any aliasing effects. The aliasing
introducing time/frequency converter preferably comprises a windower for applying an
analysis window and an MDCT wtansform algorithm. Specifically, the windower is
operative to apply the window function to subsequent frames in an overlapping way so
that a sample of a windowed signal oceurs in at least two subsequent windowed frames.
30
In one embodiment, the first processing branch comprises an ACELP coder and a second
processing branch comprises an MDCT spectral converter and the quantizer for quantizing
spectral components to obtain quantized spectral components, where each quantized
spectral component is zero or is defined by one quantizer index of the plurality of different
35  possible quantizer indices.

Furthermore, it is preferred that the first switch 200 operates in an open loop manner and

the second switch operates in a closed loop manner.



I n accordance with the present invention, the time/frequency resolution in
bl ock 410 in Fig. 12A and in the converter 523 in Fig. 12A is controlled
dependent on the audio signal. 15 The 2hterrel ati on between w ndow | engt h,
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10 Annex 1. Wndows and w ndow sequences 15 Quanti zation and coding is done
in the frequency domain. For this purpose, the tine signal is mapped into
the frequency domain in the encoder. Tige decoder perforns the inverse

mappi ng asydlassidbed i n subcl ause 2. Dependi ng on the wi@abosobfres coder nmay
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fourth domam mto the first domain, while the second inverse processing branch performs

30 a conversion from the third domain to the second domain and the converter subsequently
connected to the first combiner provides a conversion from the second domain to the first
domain so that, at the input of the combiner 600, only first domain signals are there, which
represent, in the Fig. 3d embodiment, the decoded output signal.

35  Fig. 4a and 4b illustrate two different embodiments, which differ in the positioning of the
switch 200. In Fig. 4a, the switch 200 is positioned between an output of the common pre-
processing stage 100 and input of the two encoded branches 400, 500. The Fig. 4a
embodiment makes sure that the audio signal is input into a single encoding branch only,



acel p_core_node I pd_node This bitfield indicates the exact bit allocation
schene in case ACELP is used as a | pd coding node. The bit-field node
defines the coding nodes for each of tHe four franes within one superfranme

of the | pgurhanseiastrean() (corresponds to one AAC f rrammrzesdlogr2e0di ng
nodes are stored in the array nodn and can take values fromO to 3. The

rrapp} ng froml pd node to nod[] can be determ ned from Table 1 below. 47 WO
[ pd_channaf S TR Reodiis A afeegit 201 Bt e dhe SRBUEt BRERirag Proa 1
entries | puocassing s@gt: ddesiot o@erw:man@ thyirefork, siswitghedpfligr ismmﬂee[psimdmﬂlﬁrg 1
mod[ 1] mMghbb&nend 8 prekradie On hald hdh-ab®4 dhddding branch does not consume power
and computational resources which is useful for mobile applications in particular, which
5  are battery-powered and, therefore, have the general limitation of power consumption.

On the other hand, however, the Fig. 4b embodiment may be preferable when power
consumption is not an issue. In this embodiment, both encoding branches 400, 500 are
active all the time, and only the output of the selected encoding branch for a certain time
10 portion and/or a certain frequency portion is forwarded to the bit stream formatter which
may be implemented as a bit stream multiplexer 800. Therefore, in the Fig. 4b
embodiment, both encoding branches are active all the time, and the output of an encoding
branch which is selected by the decision stage 300 is entered into the output bit stream,
while the output of the other non-selected encoding branch 400 is discarded, ie., not
15  entered into the output bit stream, i.e., the encoded audio signal.

Preferably, the second encoding rule/decoding rule is an LPC-based éoding algorithm. In
LPC-based speech coding, a differentiation between quasi-periodic impulse-like excitation
signal segments or signal portions, and noise-like excitation signal segments or signal

20  portions, is made. This is performed for very low bit rate LPC vocoders (2.4 kbps) as in
Fig 7b. However, in medium rate CELP coders, the excitation is obtained for the addition
of scaled vectors from an adaptive codebook and a fixed codebook.

Quasi-periodic impulse-like excitation signal segments, i.e., signal segments having a

25  specific pitch are coded with different mechanisms than noise-like excitation signals.
While quasi-periodic impulse-like excitation signals are connected to voiced speech,
noise-like signals are related to unvoiced speech.

Exemplarily, reference is made to Figs. 5a to 5d. Here, quasi-periodic impulse-like signal
30  segments or signal portions and noise-like signal segments or signal portions are
exemplarily discussed. Specifically, a voiced speech as illustrated in Fig. 5a in the time
domain and in Fig. 5b in the frequency domain is discussed as an example for a quasi-
periodic impulse-like signal portion, and an unvoiced speech segment as an example for a
noise-like signal portion is discussed in connection with Figs. 5S¢ and 5d. Speech can
35  generally be classified as voiced, unvoiced, or mixed. Time-and-frequency domain plots
for sampled voiced and unvoiced segments are shown in Fig. 5a to 5d. Voiced speech is
quasi periodic in the time domain and harmonically structured in the frequency domain,
while unvoiced speed is random-like and broadband. The short-time spectrum of voiced
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speech is characterized by its fine harmonic formant structure. The fine harmonic structure
is a consequence of the quasi-periodicity of speech and may be attributed to the vibrating
vocal chords. The formant structure (spectral envelope) is due to the interaction of the
source and the vocal tracts. The vocal tracts consist of the pharynx and the mouth cavity.
5  The shape of the spectral envelope that “fits” the short time spectrum of voiced speech is
associated with the transfer characteristics of the vocal tract and the spectral tilt (6 dB
/Octave) due to the glottal pulse. The spectral envelope is characterized by a set of peaks
which are called formants. The formants are the resonant modes of the vocal tract. For the
average vocal tract there are three to five formants below 5 kHz. The amplitudes and
10 locations of the first three formants, usually occurring below 3 kHz are quite important
both, in speech synthesis and perception. Higher formants are also important for wide band
and unvoiced speech representations. The properties of speech are related to the physical
speech production system as follows. Voiced speech is produced by exciting the vocal tract
with quasi-periodic glottal air pulses generated by the vibrating vocal chords. The
15  frequency of the periodic pulses is referred to as the fundamental frequency or pitch.
Unvoiced speech is produced by forcing air through a constriction in the vocal tract. Nasal
sounds are due to the acoustic coupling of the nasal tract to the vocal tract, and plosive
sounds are produced by abruptly releasing the air pressure which was built up behind the
closure in the tract.
20
Thus, a noise-like portion of the audio signal shows neither any impulse-like time-domain
structure nor harmonic frequency-domain structure as illustrated in Fig. 5c and n Fig. 34,
which is different from the quasi-periodic impulse-like portion as illustrated for example in
Fig. 5a and in Fig.5b. As will be outlined later on, however, the differentiation between
25  noise-like portions and quasi-periodic impulse-like portions can also be observed after a
LPC for the excitation signal. The LPC is a method which models the vocal tract and
exiracts from the signal the excitation of the vocal tracts.

Furthermore, quasi-periodic impulse-like portions and noise-like portions can occur in a

30  timely manner, i.e., which means that a portion of the audio signal in time is noisy and
another portion of the audio signal in time is quasi-periodic, i.e. tonal. Alternatively, or
additionally, the characteristic of a signal can be different in different frequency bands.
Thus, the determination, whether the audio signal is noisy or tonal, can also be performed
frequency-selective so that a certain frequency band or several certain frequency bands are

35 considered to be noisy and other frequency bands are considered to be tonal. In this case, a
certain time portion of the audio signal might include tonal components and noisy
components.



nod[ 0..3] The values in the array nod[] indicate the respective codi ng nodes
in each frame: 5Table 2 - Codi ng nodes indicated by nod() val ue of nod[x]
codi ng node in frane bitstream el ement3l0 ACELP acel p coding() one frane of

TCX tcx co Madd422TCX covering half a superfrante tcxpaogh:a@ed728 TCX
covering entire superfranme ter coding 10 15 acel p_coding() tcx_coding()
first tcx flag 1pc_data() Syntax el ement which cont ai ns all data to decode

decode. onEo TP AFHBRE! & Arr oA COULE GRTEal To M TR 4g whi ch
i ndi cat es twé-stapeeexsitatianni.c.prroresdssdraitCior fvoiead spesch preinflicated in Fig Ao and a
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5 model 72. Hence, the system of Fig. 7a can be reduced to an all pole-filter model of Fig. 7b
having a gain stage 77, a forward path 78, a feedback path 79, and an adding stage 80. In
the feedback path 79, there is a prediction filter 81, and the whole source-modei synthesis
system illustrated in Fig. 7b can be represented using z-domain functions as follows:

10 S@-g/(1-A@)X@),

where g represents the gain, A(2) is the prediction filter as determined by an LP analysis,
X(2) is the excitation signal, and S(z) is the synthesis speech output.

15  Figs. 7c and 7d give a graphical time domain description of voiced and unvoiced speech
synthesis using the linear source system model. This system and the excitation parameters
in the above equation are unknown and must be determined from 2 finite set of speech
samples. The coefficients of A(z) are obtained using a linear prediction of the input signal
and a quantization of the filter coefficients. In a p-th order forward linear predictor, the

20  present sample of the speech sequence is predicted from a linear combination of p passed
samples. The predictor coefficients can be determined by well-known algorithms such as
the Levinson-Durbin algorithm, or generally an autocorrelation method or a reflection
method.

25  Fig. 7e illustrates a more detailed implementation of the LPC analysis block 510. The
audio signal is input into a filter determination block which determines the filter
information A(z). This information is output as the short-term prediction information
required for a decoder. The short-term prediction information is required by the actual
prediction filter 85. In a subtracter 86, a current sample of the audio signal is input and a

30 predicted value for the current sample is subtracted so that for this sample, the prediction
error signal is generated at line 84, A sequence of such prediction error signai samples is
very schematically illustrated in Fig. 7c or 7d. Therefore, Fig. 7a, 7b can be considered as
a kind of a rectified impulse-like signal.

35 While Fig. 7e illustrates a preferred way to calculate the excitation signal, Fig. 7f
illustrates a preferred way to calculate the weighted signal. In contrast to Fig. 7e, the filter
85 is different, when v is different from 1. A value smaller than 1 is preferred for y.
Furthermore, the block 87 is present, and pis preferable a number smaller than 1.



firstipd_flag ‘Flag which indicates whether the current superframe is the
first of a sequence of superfrarnes which are coded in LPC domain. This
flag can al so be determined fromthe hkstory of the bitstream el ement

core_nocl ¢y RbFie8Bde0 and core_nodel in case of a channglep@iched ement)
according to Table 3. Table 3 - Definition of first_| pdflag core_node of

]E)revi ous frame (superfrane) core_node of current franme (superfrane)
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89 outputs an excitation signal which can then be used together with the output of block

10 536. Then, the common inverse LPC transform can be performed in block 540 of Fig. 2b.

Subsequently, an analysis-by-synthesis CELP encoder will be discussed in connection with
Fig. 6 in order to illustrate the modifications applied to this algorithm. This CELP encoder
is discussed in detail in “Speech Coding: A Tutorial Review”, Andreas Spanias,
15  Proceedings of the IEEE, Vol. 82, No. 10, October 1994, pages 1541-1582. The CELP
encoder as illustrated in Fig. 6 includes a long-term prediction component 60 and a short-
term prediction component 62. Furthermore, a codebook is used which is indicated at 64.
A perceptual weighting filter W(z) is implemented at 66, and an error minimization
controller is provided at 68. s(n) is the time-domain input signal. After having been
20  perceptually weighted, the weighted signal is input into a subtracter 69, which calculates
the error between the weighted synthesis signal at the output of block 66 and the original
weighted signal s.(n). Generally, the short-term prediction filter coefficients A(z) are
calculated by an LP analysis stage and its coefficients are quantized in A(z) as indicated in
Fig. 7e. The long-term prediction information A;(z) including the long-term prediction
25 gain g and the vector quantization index, i.e., codebook references are calculated on the
prediction error signal at the output of the LPC analysis stage referred as 10a in Fig. 7e.
The LTP parameters are the pitch delay and gain. In CELP this is usually implemented as
an adaptive codebook containing the past excitation signal (not the residual). The adaptive
CB delay and gain are found by minimizing the mean-squared weighted error (closed-loop
30  pitch search).

The CELP algorithm encodes then the residual signal obtained after the short-term and

long-term predictions using a codebook of for example Gaussian sequences. The ACELP

algorithm, where the “A” stands for “Algebraic” has a specific algebraically designed
35  codebook.

A codebook may contain more or less vectors where each vector is some samples long. A
gain factor g scales the code vector and the gained code is filtered by the long-term
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prediction synthesis filter and the short-term prediction synthesis filter. The “optimum”
code vector is selected such that the perceptually weighted mean square error at the output
of the subtracter 69 is minimized. The search process in CELP is done by an analysis-by-
synthesis optimization as illustrated in Fig. 6.

For specific cases, when a frame is a mixture of unvoiced and voiced speech or when
speech over music occurs, a TCX coding can be more appropriate to code the excitation tn
the LPC domain. The TCX coding processes the weighted signal in the frequency domain
without doing any assumption of excitation production. The TCX is then more generic
10 than CELP coding and is not restricted to a voiced or a non-voiced source model of the
excitation. TCX is still a source-oriented model coding using a linear predictive filter for
modelling the formants of the speeéhulikc signals. h

In the AMR-WB+-like coding, a selection between different TCX modes and ACELP

15  takes place as known from the AMR-WB+ description. The TCX modes are different in
that the length of the block-wise Discrete Fourier Transform is different for different
modes and the best mode can be selected by an analysis by synthesis approach or by a
direct “feedforward” mode.

20  As discussed in connection with Fig. 2a and 2b, the common pre-processing stage 100
preferably includes a joint multi-channel (surround/joint stereo device) 101 and,
additionally, a band width extension stage 102. Correspondingly, the decoder includes a
band width extension stage 701 and a subsequently connected joint multichannel stage
702. Preferably, the joint multichanne] stage 101 is, with respect to the encoder, connected

25  before the band width extension stage 102, and, on the decoder side, the band width
extension stage 701 is connected before the joint muitichannel stage 702 with respect to
the signal processing direction. Alternatively, however, the common pre-processing stage
can include a joint multichannel stage without the subsequently connected bandwidth
extension stage or a bandwidth extension stage without a connected joint multichannel

30  stage.

A preferred example for a joint multichannel stage on the encoder side 101a, 101b and on
the decoder side 702a and 702b is illustrated in the context of Fig. 8. A number of E
original input channels is input into the downmixer 101a so that the downmixer generates

35  anumber of K transmitted channels, where the number K is greater than or equal to one
and is smaller than or equal E.
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Preferably, the E input channels are input into a joint multichannel parameter analyzer
101b which generates parametric information. This parametric information is preferably
entropy-encoded such as by a difference encoding and subsequent Huffman encoding or,
alternatively, subsequent arithmetic encoding. The encoded parametric information output
5 by block 101b is transmitted to a parameter decoder 702b which may be part of item 702
in Fig. 2b. The parameter decoder 702b decodes the transmitted parametric information
and forwards the decoded parametric information into the upmixer 702a.' The upmixer
702a receives the K transmitted channels and generates a number of L output channels,
where the number of L is greater than or equal K and lower than or equal to E.
10
Parametric information may include inter channel level differences, inter channel time
differences, inter channel phase differences and/or inter channel coherence measures as is
known from the BCC technique or as is known and is described in detail in the MPEG
surround standard. The number of transmitted channels may be a single mono channel for
15  ultra-low bit rate applications or may include a compatible stereo application or may
include a compatible stereo signal, i.e., two channels. Typically, the number of E input
channels may be five or maybe even higher. Alternatively, the number of E input channels
may also be E audio objects as it is known in the context of spatial audio object coding
(SAQCQC).
20
In one implementation, the downmixer performs a weighted or unweighted addition of the
original E input channels or an addition of the E input audio objects. In case of audio
objects as input channels, the joint multichannel parameter analyzer 101b will calculate
audio object parameters such as a correlation matrix between the audio objects preferably
25  for each time portion and even more preferably for each frequency band. To this end, the
" whole ﬁequency range may be divided in at least 10 and preferable 32 or 64 frequency
bands. '

Fig. 9 illustrates a preferred embodiment for the implementation of the bandwidth

. 30 extension stage 102 in Fig. 2a and the corresponding band width extension stage 701 in
Fig. 2b. On the encoder-side, the bandwidth extension block 102 preferably includes a low

pass filtering block 102b, a downsampler block, which follows the lowpass, or which is

part of the inverse QMF, which acts on only half of the QMF bands, and a high band
analyzer 102a. The original audio signal input into the bandwidth extension block 102 is

35 low-pass filtered to generate the low band signal which is then input into the encoding
branches and/or the switch. The low pass filter has a cut off frequency which can be in a

range of 3kHz to 10kHz. Furthermore, the bandwidth extension block 102 furthermore
includes a high band analyzer for calculating the bandwidth extension parameters such as
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a spectral envelope parameter information, a noise floor parameter information, an inverse
filtlering parameter information, further parametric information relating to certain
harmonic lines in the high band and additional parameters as discussed in detail in the
MPEG-4 standard in the chapter related to spectral band replication.

On the decoder-side, the bandwidth extension block 701 includes a patcher 701a, an
adjuster 701b and a combiner 701c. The combiner 701¢ combines the decoded low band
signal and the reconstructed and adjusted high band signal output by the adjuster 701b.
The input into the adjuster 701b is provided by a patcher which is operated to derive the

10 high band signal from the low band signal such as by spectral band replication or,
generally, by bandwidth extension. The patching performed by the patcher 701a may be a
patching performed in a harmonic way or in a non-harmonic way. The signal generated by
the patcher 701a is, subsequently, adjusted by the adjuster 701b using the transmitted
parametric bandwidth extension information.

15
As indicated in Fig. 8 and Fig. 9, the described blocks may have a mode control input in a
preferred embodiment. This mode control input is derived from the decision stage 300
output signal. In such a preferred embodiment, a characteristic of a corresponding block
may be adapted to the decision stage output, i.e., whether, in a preferred embodiment, a

20  decision to speech or a decision to music is made for a certain time portion of the audio
signal. Preferably, the mode control only relates to one or more of the functionalities of
these blocks but not to all of the functionalities of blocks. For example, the decision may
influence only the patcher 701a but may not influence the other blocks in Fig. 9, or may,
for example, influence only the joint multichannel parameter analyzer 101b in Fig. 8 but

25  not the other blocks in Fig. 8. This implementation is preferably such that a higher
flexibility and higher quality and lower bit rate output signal is obtained by providing
flexibility in the common pre-processing stage. On the other hand, however, the usage of
algorithms in the common pre-processing stage for both kinds of signals allows to
implement an efficient encoding/decoding scheme.

30
Fig. 10a and Fig. 10b illustrates two different implementations of the decision stage 300. In
Fig. 10a, an open loop decision is indicated. Here, the signal analyzer 3002 in the decision
stage has certain rules in order to decide whether the certain time portion or a certain
frequency portion of the input signal has a characteristic which requires that this signal

35  portion is encoded by the first encoding branch 400 or by the second encoding branch 500.
To this end, the signal analyzer 300a may analyze the audio input signal into the common
pre-processing stage or may analyze the audio signal output by the common pre-processing
stage, i.e., the audio intermediate signal or may analyze an intermediate signal within the
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common pre-processing stage such as the output of the downmix signal which may be a

mono signal or which may be a signal having k channels indicated in Fig. 8. On the output-

side, the signal analyzer 300a generates the switching decision for controlling the swiich

200 on the encoder-side and the corresponding switch 600 or the combiner 600 on the
5  decoder-side.

Although not discussed in detail for the second switch 521, it is to be emphasized that the
second switch 521 can be positioned in a similar way as the first switch 200 as discussed
in connection with Fig. 4a and Fig. 4b. Thus, an alternative position of switch 521 in Fig.

10 3c is at the output of both processing branches 522, 523, 524 so that, both processing
branches operate in parallel and only the output of one processing branch is written into a
bit stream via a bit stream former which is not illustrated in Fig. 3c.

Furthermore, the second combiner 600 may have a specific cross’fading functionality as
15  discussed in Fig. 4c. Alternatively or additionally, the first combiner 532 might have the
same cross fading functionality. Furthermore, both combiners may have the same cross
fading functionality or may have different cross fading functionalities or may have no
cross fading functionalities at all so that both combiners are switches without any
additional cross fading functionality.
20
As discussed before, both switches can be controlled via an open loop decision or a closed
loop decision as discussed in connection with Fig. 10a and Fig. 10b, where the controller
300, 525 of Fig. 3¢ can have different or the same functionalities for both switches.

25  Furthermore, a time warping functionality which is signal-adaptive can exist not only in
the first encoding branch or first decoding branch but can also exist in the second
processing branch of the second coding branch on the encoder side as well as on the
decoder side. Depending on a processed signal, both time warping functionalities can have
the same time warping information so that the same time warp is applied to the signals in

30 the first domain and in the second domain. This saves processing load and might be useful
in some instances, in cases where subsequent blocks have a similar time warping time
characteristic. In alternative embodiments, however, it is preferred to have independent
time warp estimators for the first coding branch and the second processing branch in the
second coding branch.

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.
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In a different embodiment, the switch 200 of Fig. la or 2a switches between the two
coding branches 400, 500. In a further embodiment, there can be additional encoding
branches such as a third encoding branch or even a fourth encoding branch or even more
5  encoding branches. On the decoder side, the switch 600 of Fig. 1b or 2b switches between
the two decoding branches 431, 440 and 531, 532, 533, 534, 540. In a further embodiment,
there can be additional decoding branches such as a third decoding branch or even a fourth
decoding branch or even more decoding branches. Similarly, the other switches 521 or 532
may switch between more than two different coding algorithms, when such additional
16 coding/decoding branches are provided.

Fig. 12A illustrates a preferred embodiment of an encoder implementation, and Fig. 12B
illustrates a preferred embodiment of the corresponding decoder implementation. In
addition to the elements discussed before with respect to corresponding reference numbers,
IS  the embodiment of Fig. 12A illustrates a separate psychoacoustic module 1200, and
additionally, illustrates a preferred implementation of the further encoder tools illustrated
at block 421 in Fig. 11A. These additional tools are a temporal noise shaping (TNS) tool
1201 and a mid/side coding tool (M/S) 1202. Furthermore, additional functionalities of the
elements 421 and 524 are illustrated in block 421/542 as a combined implementation of
20 scaling, noise filling analysis, quantization, arithmetic coding of spectral values.

In the corresponding decoder implementation Fig. 12B, additional elements are illustrated,
which are an M/S decoding tool 1203 and a TNS-decoder tool 1204. Furthermore, a bass
postfilter not illustrated in the preceding figures is indicated at 1205. The transition

25  windowing block 532 corresponds to the element 532 in Fig. 2B, which is illustrated as a
switch, but which performs a kind of a cross fading which can either be an over sampled
cross fading or a critically sampled cross fading. The latter one is implemented as an
MDCT operation, where two time aliased portions are overlapped and added. This
critically sampled transition processing is preferably used where appropriate, since the

30 overall bitrate can be reduced without any loss in quality. The additional transition
windowing block 600 corresponds to the combiner 600 in Fig. 2B, which is again
illustrated as a switch, but it is clear that this element performs a kind of cross fading either
critically sampled or non-critically sampled in order to avoid blocking artifacts, and
specifically switching artifacts, when one block has been processed in the first branch and

35  the other block has been processed in the second branch. When however, the processing in
both branches is perfectly matched to its other, then the cross fading operation can
“degrade” to a hard switch, while a cross fading operation is understood to be a “soft”
switching between both branches.
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The concept in Fig. 12A and 12B permits coding of signals having an arbitrary mix of
speech and audio content, and this concept performs comparable to or better than the best
coding technology that might be tailored specifically to coding of either speech or general
audio content. The general structure of the encoder and decoder can be described in that
there is a common pre-post processing consisting of an MPEG surround (MPEGS)
functional unit to handle stereo or multi-channel processing and an enhanced SBR (eSBR)
unit, which handles the parametric representation of the higher audio frequencies in the
input signal. Then, there are two branches, one consisting of a modified advanced audio
coding (AAC) tool path and the other consisting of a linear prediction coding (LP or LPC
domain) based path, which in turn features either a frequency domain representation or a
time domain representation of the LPC residual. All transmitted spectra for both, AAC and
LPC, are represented in MDCT domain following quantization and arithmetic coding. The
time domain representation uses an ACELP excitation coding scheme. The basic structure
is shown in Fig. 12A for the encoder and Fig. 12B for the decoder. The data flow 1in this
diagram is from left to right, top to bottom. The functions of the decoder are to find the
description of the quantized audio spectral or time domain representation in the bitstream
payload and decode the quantized values and other reconstruction information.

In case of transmitted spectral information the decoder shall reconstruct the quantized
spectra, process the reconstructed spectra through whatever tools are active in the bitstream
payload in order to arrive at the actual signal spectra as described by the input bitstream
payload, and finally convert the frequency domain spectra to the time domain. Following
the initial reconstruction and scaling of the spectrum reconstruction, there are optional
tools that mddify one or more of the spectra in order to provide more efficient coding.

In case of a transmitted time domain signal representation, the decoder shall reconstruct the
quantized time signal, process the reconstructed time signal through whatever tools are
active in the bitstream payload in order to arrive at the actual time domain signal as
described by the input bitstrearn payload.

For each of the optional tools that operate on the signal data, the option to “pass through”
is retained, and in all cases where the processing is omitted, the spectra or time samples at
its input are passed directly through the tool without modification.

In places where the bitstream changes its signal representation from time domain to
frequency domain representation or from LP domain to non-LP domain or vice versa, the
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decoder shall facilitate the transition from one domain to the other by means of an
appropriate transition overlap-add windowing,

eSBR and MPEGS processing is applied in the same manner to both coding paths after
5  transition handling.

The input to the bitstream payload demultiplexer tool is a bitstream- payload. The
demultiplexer separates the bitstream payload into the parts for each tool, and provides
each of the tools with the bitstream payload information related to that tool.

10
The outputs from the bitstream payload demultiplexer tool are:
e Depending on the core coding type in the current frame either:
s the quantized and noiselessly coded spectra represented by
e scalefactor information
15 ¢ arithmetically coded spectral lines
e or: linear prediction (LP) parameters together with an excitation signal
represented by either:
¢ quantized and arithmetically coded spectral lines (transform coded
excitation, TCX) or
20 e ACELP coded time domain excitation
s The spectral noise filling information (optional)
e The M/S decision information {optional)
¢ The temporal noise shaping (TNS) information (optional)
e The filterbank control information
25 o The time unwarping (TW) control information (optional)

e The enhanced spectral bandwidth replication (¢SBR) control information

¢ The MPEG Surround (MPEGS) control information

The scalefactor_noiseless decoding too! takes information from the bitstream payload
30  demultipiexer, parses that information, and decodes the Huffman and DPCM coded
scalefactors.

The input to the scalefactor noiseless decoding tool is:
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e The scalefactor information for the noiselessly coded spectra

The output of the scalefactor noiseless decoding tool is:
e The decoded integer representation of the scalefactors:

5
The spectral noiseless decoding tool takes information from the bitstream payload
demultiplexer, parses that information, decodes the arithmetically coded data, and
reconstructs the quantized spectra. The input to this noiseless decoding tool is:
* The noiselessly coded spectra
10

The output of this noiseless decoding tool is:
¢ The quantized values of the spectra

The inverse quantizer tool takes the quantized values for the spectra, and converts the
15  integer values to the non-scaled, reconstructed spectra. This quantizer is a companding

quantizer, whose companding factor depends on the chosen core coding mode.

The input to the Inverse Quantizer tool is:
s The quantized values for the spectra

20

The output of the inverse quantizer tool is:
¢ The un-scaled, inversely quantized spectra

The noise filling tool is used to fill spectral gaps in the decoded spectra, which occur when
25  spectral value are quantized to zero e.g. due to a strong restriction on bit demand in the
encoder. The use of the noise filling tool is optional.

The inputs to the noise filling tool are:
¢ The un-scaled, inversely quantized spectra

30 e Noise filling parameters

e The decoded integer representation of the scalefactors

The outputs to the noise filling tool are:
¢ The un-scaled, inversely quantized spectral values for spectral lines which were
35 previously quantized to zero.

e Modified integer representation of the scalefactors
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The rescaling tool converts the integer representation of the scalefactors to the actual
values, and multiplies the un-scaled inversely quantized spectra by the relevant
scalefactors.

The inputs to the scalefactors tool are:
e The decoded integer representation of the scalefactors

e The un-scaled, inversely quantized spectra

The output from the scalefactors tool is:
10 e The scaled, inversely quantized spectra

For an overview over the M/S tool, please refer to ISO/IEC 14496-3, subpart 4.1.1.2.

For an overview over the temporal noise shaping (TNS) tool, please refer to ISO/IEC
15 14496-3, subpart 4.1.1.2,

The filterbank / block switching tool applies the inverse of the frequency mapping that was

carried out in the encoder. An inverse modified discrete cosine transform (IMDCT) is used
for the filterbank tool. The IMDCT can be configured to support 120, 128, 240, 256, 320,
20 480,512, 576, 960, 1024 or 1152 spectral coefficients.

The inputs to the filterbank too! are:
¢ The (inversely quantized) spectra

e The filterbank control information

25  The output(s) from the filterbank tool is (are):
e The time domain reconstructed audio signal(s).

The time-warped filterbank / block switching tool replaces the normal filterbank / block
switching tool when the time warping mode is enabled. The filterbank is the same
30  (IMDCT) as for the normal filterbank, additionally the windowed time domain samples
are mapped from the warped time domain to the linear time domain by time-varying

resampling.

The inputs to the time-warped filterbank tools are:
35 e The inversely quantized spectra
e The filterbank control information
e The time-warping control information
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The output(s) from the filterbank tool is (are):
e The linear time domain reconstructed audio signal(s).

The enhanced SBR (eSBR) tool regenerates the highband of the audio signal. It is based on
replication of the sequences of harmonics, truncated during encoding. It adjusts the spectral
envelope of the generated high-band and applies inverse filtering, and adds noise and

sinusoidal components in order to recreate the spectral characteristics of the original signal.

The input to the eSBR tool is:
e The quantized envelope data

¢ Misc, control data

¢ atime domain signal from the AAC core decoder

The output of the ¢SBR tool is either:
e atime domain signal or

¢ a QMF-domain representation of a signal, e.g. in case the MPEG Surround tool is
used,

The MPEG Surround (MPEGS) tool produces multiple signals from one or more input
signals by applying a sophisticated upmix procedure to the input signal(s} controlled by
appropriate spatial parameters. In the USAC context MPEGS is used for coding a
multichannel signal, by transmitting parametric side information alongside a transmitted
downmixed signal.

The input to the MPEGS tool is:
¢ adownmixed time domain signal or

s a QMF-domain representation of a downmixed signal from the eSBR tool

The output of the MPEGS tool is:
s amulti-channel time domain signal

The Signal Classifier tool analyses the original input signal and generates from it control
information which triggers the selection of the different coding modes. The analysis of the
input signal is implementation dependent and will try to choose the optimal core coding
mode for a given input signal frame. The output of the signal classifier can (optionally)

40 832 19 184
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also be used to influence the behaviour of other tools, for example MPEG Surround,
enhanced SBR, time-warped filterbank and others.

The input to the Signal Classifier tool is:
5 ¢ the original unmodified input signal

e additional implementation dependent parameters

The output of the Signal Classifier tool is:
¢ a control signal to control the selection of the core codec (non-LP filtered
10 frequency domain coding, LP filtered frequency domain or LP filtered time domain
coding)

In accordance with the present invention, the time/frequency resolution in block 410 in
Fig. 12A and in the converter 523 in Fig. 12A is controlled dependent on the audio signal.

15  The interrelation between window length, transform length, time resolution and frequency
resolution is illustrated in Fig. 13 A, where it becomes clear that, for a long window length,
the time resolution gets low, but the frequency resolution gets high, and for a short window
length, the time resolution is high, but the frequency resolution is low.

20  In the first encoding branch, which is preferably the AAC encoding branch indicated by
elements 410, 1201, 1202, 4021 of Fig. 12A, different windows can be used, where the
window shape is determined by a signal analyzer which is preferably encoded in the signal
classifier block 300, but which can also be a separate module. The encoder selects one of
the windows illustrated in Fig. 13B, which have different time/frequency resolutions, The

25  time/frequency resolution of the first long window, the second window, the fourth window,
the fifth window and the sixth window are equal to 2,048 sampling values to a transform
length of 1,024. The short window illustrated in the third line in Fig. 13B has a time
resolution of 256 sampling values corresponding to the window size. This corresponds to a
transform length of 128.

30
Analogously, the last two windows have a window length equal to 2,304, which is a better
frequency resolution than the window in the first line but a lower time resolution. The
transform length of the windows in the last two lines is equal to 1,152.

35 In the first encoding branch, different window sequences which are built from the
transform windows in the Fig. 13B can be constructed. Although in Fig. 13C only a short
sequence is illustrated, while the other “sequences” consist of a single window only, larger
sequences consisting of more windows can also be constructed. It is noted that according
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to Fig. 13B, for the smaller number of coefficients, i.e., 960 instead of 1,024, the time

resolution is also lower than for the corresponding higher number of coefficients such as
1024.

5 Fig. 14A - 14G illustrates different resoluticns/window sizes in the second encoding
branch. In a preferred embodiment of the present invention, the second encoding branch
has a first processing branch which is an ACELP time domain coder 526, and the second
processing branch comprises the filterbank 523. In this branch, a super frame of, for
example 2048 samples, is sub-divided into frames of 256 samples. Individual frames of

10 256 samples can be separately used so that a sequence of four windows, each window
covering two frames, can be applied when an MDCT with 50 percents overlap is applied.
Then, a high time resolution is used as illustrated in Fig. 14D. Alternatively, when the
signal allows longer windows, the sequence as in Fig. 14C can be applied, where a double
window size having 1,024 samples for each window (medium windows) is applied, so that

15  one window covers four frames and there is an overlap of 50 percent.

Finally, when the signal is such that a long window can be used, this long window extends
over 4,096 samples again with a 50 percent overlap.

20 In the preferred embodiment, in which there are two branches, where one branch has an
ACELP encoder, the position of the ACELP frame indicated by “A” in the super frame
also may determine the window size applied for two adjacent TCX frames indicated by
“T” in Fig, 14E. Basically, one is interested in using long windows whenever possible.
Nevertheless, short windows have to be applied when a single T frame is between two A

25  frames. Medium windows can be applied when there are two adjacent T frames. However,
when there are three adjacent T frames, a corresponding larger window might not be
efficient due to the additional complexity. Therefore, the third T frame, although not
preceded by an A frame can be processed by a short window. When the whole super frame
only has T frames then a long window can be applied.

30
Fig. 14F illustrates several alternatives for windows, where the window size is always 2x
the number Ig of spectral coefficients due to a preferred 50 percent overlap. However,
other overlap percentages for all encoding branches can be applied so that the relation
between window size and transform length can also be different from two and even

35  approach one, when no time domain aliasing is applied.

Fig. 14G illustrates rules for constructing a window based on rules given in Fig. 14F. The
value ZL illustrates zeroes at the beginning of the window. The value L illustrates a
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number of window coefficients in an aliasing zone. The values in portion M are “1” values

not introducing any aliasing due to an overlap with an adjacent window which has zero

values in the portion corresponding to M. The portion M is followed by a right overlap

zone R, which is followed by a ZR zone of zeros, which would correspond to a portion M
5  of a subsequent window.

Reference is made to the subsequently attached annex, which describes a-preferred and
detailed implementation of an inventive audio encoding/decoding scheme, particularly
with respect to the decoder-side.
10
Annex

1.  Windows and window sequences
15
Quantization and coding is done in the frequency domain. For this purpose, the time signal
is mapped into the frequency domain in the encoder. The decoder performs the inverse
mapping as described in subclause 2. Depending on the signal, the coder may change the
time/frequency resolution by using three different windows size: 2304, 2048 and 256. To
20 switch between windows, the transition windows LONG_START_WINDOW,
LONG_STOP_WINDOW, START WINDOW_LPD, STOP_WINDOW_1152,
STOP_START WINDOW and STOP_START WINDOW 1152 are used. Table 5.11
lists the windows, specifies the corresponding transform length and shows the shape of the
windows schematically. Three transform lengths are used: 1152, 1024 (or 960) (referred to
25  as long transform) and 128 {(or 120) coefficients (referred to as short transform).

Window sequences are composed of windows in a way that a raw_data block always
contains data representing 1024 (or 960) output samples. The data element
window_sequence indicates the window sequence that is actually used. Fig. 13C lists how

30 the window sequences are composed of individual windows. Refer to subclause 2 for more
detailed information about the transform and the windows.

1.2 Scalefactor bands and grouping
35  See ISO/IEC 14496-3, subpart 4, subclause 4.5.2.3.4

As explain in ISO/IEC 14496-3, subpart 4, subclause 4.5.2.3.4, the width of the scalefactor
bands is built in imitation of the critical bands of the human auditory system. For that
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reason the number of scalefactor bands in a spectrum and their width depend on the
transform length and the sampling frequency. Table 4.110 to Table 4.128, in ISO/AEC
14496-3, subpart 4, section 4.5.4, list the offset to the beginning of each scalefactor band
on the transform lengths 1024 (960) and 128 (120) and on the sampling frequencies. The

5 tables originally designed for LONG_WINDOW, LONG_START _WINDOW and
LONG_STOP_WINDOW are wused also for START_WINDOW _LPD and
STOP_START WINDOW. The offset tables for STOP_WINDOW_1152 and
STOP_START WINDQOW 1152 are Table 4 to Table 10.

10 1.3  Decoding of Ipd_channel_stream()

The lpd_channel_stream() bitstream element contains all necessary information to decode
one frame of “linear prediction domain” coded signal. It contains the payload for one
frame of encoded signal which was coded in the LPC-domain, i.e. including an LPC

15  filtering step. The residual of this filter (so-called “excitation”) is then represented either
with the help of an ACELP module or in the MDCT transform domain (“transform coded
excitation”, TCX). To allow close adaptation to the signal characteristics, one frame is
broken down in to four smaller units of equal size, each of which is coded either with
ACELP or TCX coding scheme.

20
This pracess is similar to the coding scheme described in 3GPP TS 26.290. Inherited from
this document is a slightly different terminology, where one “superframe” signifies a signal
segment of 1024 samples, whereas a “frame” is exactly one fourth of that, i.c. 256 samples.
Each one of these frames is further subdivided into four “subframes” of equal length.

25  Please note that this subchapter adopts this terminology

1.4  Definitions, Data Flements

acelp_core_mode This bitfield indicates the exact bit allocation scheme in case
30 . ACELP is used as a Ipd coding mode.
Ipd_mode The bit-field mode defines the coding modes for each of the

four frames within one  superframe of the

~ Ipd_channel_stream() (corresponds to one AAC frame). The

coding modes are stored in the array mod[] and can take

35 values from 0 to 3. The mapping from lpd_mode to mod(]
can be determined from Table } below.
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Table 1 - Mapping of coding modes for Ipd_channel_stream()

. R remaining
meaning of bits in bit-field mode mod]] entries
Ipd mode | bit4 bit 3 bit2 bit 1 bit 0
0.15 0 mod{3] | mod{2] | mod[!] | mod0]
16..19 1 0 0 mod[3] | mod[2] mod[1]=2
modf0]=2
20..23 i 0 1 mod{1] | mod{0} mod[3}=2
mod[2]=2
24 1 1 0 0 0 mod[3]=2
mod{2]=2
mod[1]=2
mod[0]=2
25 1 1 0 0 I mod[3]=3
mod[2]=3
mod[1]=3
mod[0]=3
26..31 reserved
mod[0..3] The values in the array modf] indicate the respective coding
' modes in each frame:
Table 2 — Coding modes indicated by mod{}
if bitst,
value of coding mode in frame Hetrean
mod[x] element
f ACELP acelp coding()
1 one frame of TCX tex_coding()
2 TCX covering half a tex_coding()
superframe
3 TCX covering entire fex_coding()
superframe

acelp coding()
tcx_coding()
first_tex_flag

lpc_déta()

Syntax element which contains all data to decode one frame
of ACELP excitation.

Syntax element which contains all data to decode one frame
of MDCT based transform coded excitation (TCX).

Flag which indicates if the current processed TCX frame is
the first in the superframe.

Syntax element which contains all data to decode all LPC
filter parameter sets required to decode the current
superframe.
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first_lpd flag Flag which indicates whether the current superframe is the

first of a sequence of superframes which are coded in LPC

domain. This flag can also be determined from the history of

the bitstream element core_mode (core mode0 and

5 core_model In case of a channel_pair_element) according to
Table 3.

Table 3 ~ Definition of first_Ipd_flag

core_mode core_mode
of previous frame of current frame first lpd flag
(superframe) (superframe)
0 1 1
1 1 0
last_lpd_mode Indicates the lpd_mode of the previously decoded frame.
10
1.5  Decoding Process
In the lpd_channel_stream the order of decoding is:
Get acelp_core_mode
5 Get Ipd_mode and determine from it the content of the helper variable mod[]

Get acelp_coding or tcx_coding data, depending on the content of the helper
variable mod[]
Get Ipc_data

20 1.6 ACELP/TCX coding mode combinations

In analogy to [8], section 5.2.2, there are 26 allowed combinations of ACELP or TCX

within one superframe of an lpd_channel stream payload. One of these 26 mode

combinations is signaled in the bitstream element lpd_mode. The mapping of lpd_mode to
25  actual coding modes of each frame in a subframe is shown in Table 1 and Table 2.
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Table 4 - scalefactor bands for a window length of 2304 for
STOP_START_1152_WINDOW and STOP_1152_WINDOW at 44.1 and 48 kiz

fs [kHz} 44.1,48
num_swb_lo 149
ng window
swb swb_offset swb swb_offset |
_long_win ong_window
dow
0 i 25 AT
1 4 26 240
2 8 27 264
3 12 28 292
4 16 29 320
S 20 30 352
6 24 31 384
1 28 32 416
8 32 3 448
9 36 34 480
10 40 35 512
11 48 36 544
12 56 37 576
13 64 38 608
14 72 39 640
15 80 40 672
16 88 41 704
17 96 42 136
18 108 43 768
19 120 44 800
20 132 45 832
21 144 46 864
22 160 47 896
23 176 48 928
24 196 1152
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Table 5 - scalefactor bands for a window length of 2304 for
STOP_START_1152_WINDOW and STOP_1152_ WINDOW at 32 kHz
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14 8 12 4 16

fs [kHz] 32
num_swb_lo |51
ng window
swb swb_offset swhb swb_offset 1
_long win ong window
dow
0 ft 26 240
] 4 21 264
g 28 292
3 12 29 320
4 16 30 352
S 20 31 384
6 24 32 416
7 28 33 448
g 32 34 480
9 36 35 512
10 40 36 544
11 48 37 576
12 56 38 608
13 64 39 640
14 72 40 672
15 80 4] 704
16 88 42 736
17 96 43 768
I8 108 44 800
19 120 45 832
20 132 46 864
21 144 47 836
22 160 48 928
23 176 49 960
24 196 50 992
25 216 1152

5

20



52 14 56 15 64 16 72 17 18 88 19 96 20 108 1.7Scale factor band tables
references 5For all other scal efactor band tables please refer to I SOIEC
14496- 3, subpart 4, section 4.5.4 Tablg;4.129 to Table 4.147.

1. 8Quant i ¢af 1e9hesdédzFor quanti zation of the AAC spect r glctagebdsiogient s in the
encoder a non uniformquantizer is used. Therefore the decoder nust perform
the inverse non uniform quantization after the Huffman decodi ng of the

scal efactors (see subhclause 6.3) and the noi sel ess decodi ng of the spectral
data (see subcl aus'galﬂ M);“%?Sﬁ’ﬁ?“tbﬁﬁd 47 indew dancth of ¢fd 3?€%Vspectral
coefficients, QW s P TOR_1 159 SWINDEI 8t 8AdHs on i s

needed at the deco less decodi ng of the spectral data.
56 WD 2010/ 040522PG3 v =ti | t er bank and bl ock swi tching 2. 1Tool
description The ti né‘??‘r%‘?é‘hc representation of the signal is mapped onto
the time domain by {£6ef¥ s it into {he fi This nmodul e
consists of an invgF¥8 nodi f i|EubAfBer et e SBbsi ne tr%WhifoSﬁﬁ.,(l MDCT), and a
wi ndow and an over l|ap-add funclongn¥inl h order to ad®pe_windotj me/ frequency
resol ution of the flilterbank |dowt he charlacteristi ¢w of the linput signal, a
bl ock switching todllis also!adopted. |N [pepresent $2&the w ndow | engt h, wher e
Nis a function of ltthe_wi ndo d2equence (i2de..subcl 1.1)_ . For each
channel, the N 2 tilge-freguer uegdxXl k-are32& ansforled into the N
time domain val ues PR—"—vi-a—4BE+VDSF ffzgcr appl gﬁ +-he-wi ndow functi on,
for each channel, t i f—of—tne F— Sequer 3 arxded to the
second hal f of the fprevious 'L;7 ck—w-ntlo g acqucm,a-gec(, " to
reconstruct the outfput—sanplag,for—edach Ganmet ou"48

g 96 29 476

9 108 30 508

10 120 31 544

11 , 132 32 S80

12 144 33 620

13 156 34 664

14 172 35 712

15 188 36 764

16 204 37 820

17 220 38 880

18 236 39 944

19 252 1152

20 268




152. 2Def i ni ti ons wi ndow_sequence2 bit indicating which wi ndow sequence
(i.e. block size) is used. wi ndow shapel bit indicating which w ndow
function is selected. 20 Fig. 13C showssjhe eight w ndow _sequences
(ONLY_LON®/(SEQUENEE, LONG START_SEQUENCE, El GHT SHORT SHQUEMNSEI7RIONG STOP
SEQUENCE, STOP_START_SEQUENCE, STOP 1152 SEQUENCE, LPD START SEQUENCE, STOP
START 1152 SEQUENCE). 25 In the following LPD SEQUENCE refers to all

al | oned wi ndow codi e c inationps. inside the so called |inear
prediction ' rﬁ%@p §é%‘?£EtPT g .fgg?‘“f'ﬁ‘?‘t"ﬁg“gé’rﬂfép“gqr decodi ng a
frequency d IS4 WINDQW and QR 152 WINBY ¥ 1t 1 023, Zramd| 16wi ng

frame is encoded with the LP domain codﬁ% nodes, which is represented by

an 30 LPD SEQUENCE. [FOmENET. UREoexael|structure within the LPD SEQUENCE is
taken care of when decoding thgsLP donpin coded frane. 2.3Decoding process
2.3.1 1IMDCT 35 The 4gtrat ytl o z@pl esstpn of the | MDCT is: 57 WO
2010/ 040522PCT/ Epzocﬁ}“ﬁeng@’ 222 2 - E specfi][11 cos(2+ n 2 okk + -1) for
0...cn<N N? where: (Z2&g% HO%. iladey——w ndew-i-ndex —-speectral coefficient
index N = wi ndow | eff§¥h based |&vibiaBely ndswb sequem@w&m = (N2+1)/2 0
5 The synthesis w ndow | engt h {Nohgrwithe ilnver se tr a@if windows| a function of
the syntax el enent Window sequépwe andlthe algorithmc co%xt. It is
defined as follows: (Wndow | edgth 2304 20 N= 2304 f STOH 1152 SEQUENCE
2304, if STOP_START Il 152 SEQUENCE 23 244
- 12 _ 16 24 260

3 24 25 280

4 32 26 300

5 40 27 320

6 48 28 344

7 56 29 368

8 64 30 396

9 72 31 424

10 80 32 456

11 88 33 492

12 100 4 532

13 112 35 572

14 124 36 616

15 136 37 664

16 148 38 716

17 160 39 772

18 172 40 832

19 184 41 896

20 196 42 960

21 212 1152




W ndow | ength 2048: 2048, if ONLY_LONG SEQUENCE 2048, if

LONG START SEQUENCE 256, if EI GHT SHORT SEQUENCE 2048, if LONG STOP
SEQUENCE 2048, if STOP START SEQUENCE 2Q48, if LPD_START SEQUENCE The

meani ngf ukyl@gkastransi tions are as follows: From ONLYeda@NGodskIIENCE to
ONLY_LONG _SEQUENCE LONG START SEQUENCE LPD START SEQUENCE 20 ElI GHT SHORT
SEQUENCE from LONG START SEQUENCE to LONG STOP SEQUENCE 58 WO

2010/ 040522PCT/ EP2009/ 007205 ONLY LONG SEQUENCE from LONG STOP SEQUENCE

to LONG START SE Efjekie Spry Mm?ﬂWWZ% NCE from
El GHT_SHORTS T, A1520NANRORY st BEQEEL RO RND{RY ol 24ilzsEQUENCE
5f r om LPD SEQUENCEt O TT5p 5 EQHRENGE STOP START 1152 SEQUENCE { EI GHT
SHORT SEQUENCE from STOP_STARK,SEQUENCE to LONG STOP SEQUENCE from LPD
START SEQUENCE t o {%%E%E%%:

nam_swb

ng window

swb swb_offset swb swb_offset_|

_long win ong_window
dow

0 1] 24 1A/0

1 4 25 172

2 8 26 188

3 12 27 204

4 16 28 220

5 20 29 240

6 24 30 260

7 28 31 284

8 32 32 308

9 36 33 336

10 40 4 364

11 44 35 396

12 52 16 432

13 60 37 468

14 68 38 508

15 76 39 532

16 84 40 600

17 92 4] 652

18 100 42 704

19 108 43 768

20 116 44 832

2] 124 45 896

22 136 46 960

23 148 1152




{ from STOP START 1152ElI GHT SHORT_SEQUENCE SEQUENCE t o LONG STOP SEQUENCE
15 2. 3.2 Wndow ng and bl ock swi tching Dependi ng on the w ndow sequence and
wi ndow_shape el ement different transfoggn wi ndows are used. A conbination of
t he wi ndowdmbkoessdescri bed as follows™offers all possedalrz609/007205

w ndow_sequences. 20For wi ndow _shape == 1, the w ndow coefficients are
given by the Kaiser - Bessel derived (KBD) wi ndow as follows: wK BD _ LEFT
, N(n) = Ev(p.a)l Y[wi(p,a)] P=0 for 0 n <-N 2 59 WD 20101040522PC

T/ EP2009/ 007205 W@le_ﬁk@ﬂ§mf@nﬁaﬂﬂwhéﬂé‘finw‘ﬁlqﬂgﬁl$ 46r (2)] p=0 N 12
DW & 04 p.0 foSTORSTART N152 WEDRAY sed STOR41%3 ] funcr on,

see al so [5], iSdffgtkﬁi}aa fi%i‘;iuwa. P Inirct 1.0n- N14) N/ 4)
num_swb_lo (47 (46)
ng_
window
swb swb_offset swb swb_offset |
_long_win ong_
dow window
Q- i 24 172
1 4 25 192
2 8 26 216
3 12 27 240
4 16 28 268
5 20 29 304
6 24 30 344
7 28 3l 384
8 32 32 424
9 36 33 464
10 40 34 504
11 44 35 544
12 48 36 584
13 52 37 624
14 36 38 664
13 64 39 704
16 72 40 744
17 80 41 784
18 88 42 824
19 100 43 864
20 112 44 904
21 124 45 044
22 140 46 984
23 156 1152




for 0O <n- W (n,a) - 2 fokal Lid = E 5k = 0 a = kernel w ndow al pha
factor, a = 4 for N = 2048 (1920) 6 for N = 256 (240) Oherw se, for

wi ndow shape =--- 0, a sine wi ndow is employed as follows: WSIN LEFT, =
sin(-(n +wg ko0 , N2 10 WBIN _RI GHT, N(n) = si n(- ( ntech)pmhapnoethn <N N 22
The wi ndow | ength N can be 2048 (1920) or 256 (240) for the KBD and the
sine window. In case of STOP_ 1152 SEQUENCE and STOP_START 1152 SEQUENCE, N

can still be 2048 or 256 the wi ndow sl opes are simlar but the flat top
regions are J.onger alefagtpebands fors wingwslength of230ferE t he ri ght
o one o RASEART, 41§¥.nwmwnafsw_§aﬁ@w0w at BbAa06 96Fi 1 { he
possi bl e wi ndow seqjg 'S BReD Ald in the parts a)-h) of this

20subcl ause. For al - ||u8 13. Froow-Sequences the wi ndow shape of the left
hal f of the first t dowis determ ned by the w ndow shape of the

previ ous bl ock. The=E =R ex presses—t-hi-s—facti—m 60 WO

2010/ 040522PCT/ EP2009/P007205 | <t n) swtgaDlsn, rswbmffseﬂ wi ndow _shape
_previous_block = 1] WBB can , {Ni9ng_wirf |wi hdow _shap@ng_p’fle@ovms _block = 0.
where: 5w i ndow _shigpe prey idoss bl gck| wi ndow ghape of the previous

bl ock (i-1). For thﬁi_L.LsL_Lam:daLazb_Locc(J) to be |decoded the ni ndow_shape
of the left and rigHt—half of{4he window2Ze identlildal 10 7)
ONLY_LONG_SEQUENCE: : :ZEQMLY_LOXIG’:'.‘BEQJENCE is equal to

one LONG W NDOW wi t p 25, 1 of19848..(1920) .

172
26 188
27 212
28 240
29 276
30 320
31 384
32 448
33 512
34 276
35 640
36 704
37 768
38 832
39 896
40 960

1152

1.7 Scale factor band tables references

5  For all other scalefactor band tables please refer to ISO/IEC 14496-3, subpart 4, section
4.54 Table 4.129 to Table 4.147.

1.8  Quantization

10 For quantization of the AAC spectral coefficients in the encoder a non uniform quantizer is
used. Therefore the decoder must perform the inverse non uniform quantization after the
Huffman decoding of the scalefactors (see subclause 6.3) and the noiseless decoding of the
spectral data (see subclause 6.1).

15 For the quantization of the TCX spectral coefficients, a uniform quantizer is used. No
inverse quantization is needed at the decoder after the noiseless decoding of the spectral
data.



15 For wi ndow_shape = 1 the wi ndow for ONLY_LONG SEQUENCE is given as
follows: Wn)WLEFT , N 1(4for Ocri<N// 2 KBD _ RIGHT ,N I(n), for N 1/
2 n<N/ | f wi ndow_shape = 0 the wgndow for ONLY_LONG SEQUENCE can be
descri bedvasz020és0t2ows: Wn) = WLEFT N 1(11), for O: 5 _R=ENEH2609867263\EW
RIGAT,Ni(n),for _ After wi ndowi ng, the tinme domain values (z) can
be expressed as: 254 = w(n) xi ,n; b) LONG START_SEQUENCE: 30 The LONG
START SEQUENCE is needed to obtain a correct overlap and add for a bl ock
transiti on2.fr oriikexDbk apdRBcBERENGE t 0 a El GHT_SHORT _SEQUENCE. WO
2010/ 04052261 ﬁ,qmgspg,ﬁggﬂoon% WLEFT, I\L](n) WKSD RIGHT N s(n 0.0, for
0..n<N // 2 for N 112<h< 3N1-Ns 4 3N-b,:"-s), for 3N . 1-N s <3N 1+N s for
31V 1+1V—1 <n<N 1 4

The time/frequency representation of the signal is mapped onto the time domain by feeding

5 it into the filterbank module. This module consists of an inverse modified discrete cosine
transform (IMDCT), and a window and an overlap-add function. In order to adapt the
time/frequency resolution of the filterbank to the characteristics of the input signal, 2 block
switching tool is also adopted. N represents the window length, where N is a function of
the window_sequence (see subclause 1.1). For each channel, the N/2 time-frequency

10 values Xy are transformed into the N time domain values x;, via the IMDCT. After
applying the window function, for each channel, the first half of the z;, sequence is added
to the second half of the previous block windowed sequence z;.); to reconstruct the output
samples for each channel out; .

15 2.2 Definitions

window_sequence 2 bit indicating which window sequence (i.e. block size) is
used.

window_shape 1 bit indicating which window function is selected.

20
Fig. 13C shows the eight window_sequences (ONLY _LONG_SEQUENCE,
LONG_START SEQUENCE, EIGHT _SHORT SEQUENCE,
LONG_STOP_SEQUENCE, STOP_START._SEQUENCE, STOP_1152_SEQUENCE,
LPD START SEQUENCE, STOP_START 1152 SEQUENCE).
25 o '
In the following LPD _SEQUENCE refers to all allowed window/coding mode
combinations inside the so called linear prediction domain codec (see section 1.3). In the
context of decoding a frequency domain coded frame it is important to know only if a
following frame is encoded with the LP domain coding modes, which is represented by an
30 LPD_SEQUENCE. However, the exact structure within the LPD_SEQUENCE is taken
care of when decoding the LP domain coded frame.

2.3  Decoding process

23.1 IMDCT
35
The analytical expression of the IMDCT is:



I f w ndow _shape =0 the w ndow for LONG START_SEQUENCE | ooks |ike: WEF7', N
_1(4for O0...C.n<N//2 for N//2..n< 31,11-Ns -4 - WOIN R GHT Ns(nj_ 2
NJ* 3111Ns) for 3N _1-N _s <n<3l\§114+Ns44 0.0,for 3N-IN <n<N | 4
The wi ndoWaxzoté/ewes2donmai n val ues can be cal cul at ed wi t PGTHEP2G0HN
explained in a). 10 c) ElI GAT SHORT The wi ndow_sequence = E1CGHT_SHORT

conpri ses eight overlapped and added SHORT WINDOWM with a |l ength N _s of
256 (240) each. The total length of the w ndow sequence t oget her wi th

| eadi ng and foll owg zeros isr2048 (}920Q Each of the 15 eight short

bl ocks are w ndyavve-d—s c[a]tlﬂhd( ﬁsh Itﬂ'he hfort Ol 0c® nunber is indexed
with the variable N 1(MeEN 1Y N s). "Fhe?w ndow shape of the previous bl ock
i nfluences the first of the eight short blocks (W(n)) only. If

wi ndow_shape ------ 1 the wi ndow functions can be given as foll ows:
20wWA( n) = WLEFT, Nhs(n)lfor 0 <. n < Nsl 2 WBD RIGHT, N_.s(n), for N.s/ 2 n <
Ns (n) 1-(M-1Y®® WKEW LEFT.N s(n) for 0:5_ n < N.sl 2

, WKBD_R1GHT, N_sfn)= sapleiniéxs/ 2 5 n < Ns 25 Ctherwise, W(n) =0 if

wi ndow | shape = 0, 1 Rgeovidew functions can be described as: -

WLEFT, N_s( O1f or{(\ < Nsl

= spectral coefficient index

N

n, = (N/2+1)/2

window length based on the window_ sequence value

5  The synthesis window length N for the inverse transform is a function of the syntax

element window_sequence and the algorithmic context. It is defined as follows:

Window length 2304

0 _ {2304, ifSTOP_1152_SEQUENCE
" 12304, ifSTOP_START 1152 SEQUENCE

Window length 2048:

(2048, if ONLY LONG_SEQUENCE
2048, if LONG_START SEQUENCE
256, if EIGHT SHORT SEQUENCE
2048, ifLONG_STOP_SEQUENCE
2048, if STOP_START SEQUENCE
| 2048, if LPD_START_SEQUENCE

15
The meaningful block transitions are as follows:
ONLY_LONG_SEQUENCE
From ONLY_LONG_SEQUENCE to { LONG_START_SEQUENCE
LPD_START SEQUENCE
20

EIGHT SHORT SEQUENCE

from LONG_START_SEQUENCE ¢
om LONG_S -SEQ ° {LONG_STOP_SEQUENCE



, I"SIN_RIGHT, N.s(n), for Ns/ 2 5 n < Ns W 2010/040522 62

PCUI EP2009/ 007205 = WBI N LEFEN _4(n),for 0.c. n < Ns/2 1- ( M-1)w

SWRI GHT. N_s(n), for Ns/ 2 .5. n<Ns Ssg The overlap and add between the
El GHT _SHORT swhidsiesyzsequence resulting in the 5w ndoweddimmodemmin val ues z
I's described as follows: for 0 < n <-1-4N W(nN-1- s), for At-7-s < n <
ALLE: WN I+(2 j-3)N 44 N (2 ompv(n N I1+(2 4j-1)N _s J-1 kit4 for 1 <j <
M <n<N _42j+I)N_s 4 Pt 14(2A1-3)N's Wn-1( N I+(2M3)N 4 for N
(+(2M1)N _s < n < N J+(2Mr1)N 44 for | ONLXY EONG_SEQIRENCE d)

LONG_STCP SE%NS@I@S‘POWS'E@M@EUQBCG LONTEedagk Tt QEBMENGE from a
El GHT _SHORT SEQUENCE back™to a ONLY L gg%g% ‘%I)(S % ow _shape =1 the
wi ndow for LONG STOP_SEQUENCE is given & Sk 0<n<Nwn=
NI-N WLEFT ,N ski?- 4 h
EIGHT _SHORT_SEQUENCE
from EIGHT SHORT SEQUENCE to { LONG_STOP_SEQUENCE
STOP_START _SEQUENCE

LPD_SEQUENCE
5 from LPD_SEQUENCE  to { STOP_1152_SEQUENCE
STOP_START 1152_SEQUENCE

HORT
from STOP_START SEQUENCE to { 0 01 1 SHORT_SEQUENCE
B LONG_STOP_SEQUENCE

from LPD_START_SEQUENCE to {LPD_SEQUENCE
10
NLY EQUENCE
from STOP_1152 SEQUENCE 1o ONLY_LONG_SEQ ¢
-~ LONG_START_SEQUENCE
EIGHT_SHORT_SEQUENCE

from STOP_START_1152_SEQUENCE to
LONG_STOP_SEQUENCE

15 23.2 Windowing and block switching

Depending on the window_sequence and window_shape element different transform
windows are used. A combination of the window halves described as follows offers all
possible window_sequences.

20 For window_shape == 1, the window coefficients are given by the Kaiser - Bessel derived
(XBD) window as follows:

N
WKBD__LEFT,N(n)” for 0<n <




WRIGHT Ni(n), for NN7-s < n < 1V-11V-5 4 for NI+N-5 < n < N 112 4

for N11 2 n<N 1 I f wi ndow shape = 0 the wi ndow for
LONGSTART_SEQUENCE i s determ ned by: 0 Q,for 0O <n< N-Ns NI-Ns
WLEFT, N sk 20\e/dheszbor bu- N-s" <n< f 4 -4 20_ for Ncraspedd // 2

WSI N RIGHT, N 1(n),for N 1/2. _n<N 63 WO 2010/ 040522PCT/ EP2009/ 007205 The
w ndowed tinme domain values can be calculated with the fornmula explained in
a). 5 e) STOP_START _SEQUENCE: _The STOP START SEQUENCE is needed to obtain

a correct overlap and ad ”ﬁpa ock transition froma
El GHT_SHORT SEQUENCE t 0 #{madHoRT_SEQUENCE when just a
i S W nétew +-evgekW N | and N s is set to 2048
(i gk

ONLY_LONG BEQU i dnhve
(1920) and 6 res I f vvi%dow_shape = 1 the wi ndow for
nas follows: Wn)=

STOP START SEQUENCE i s g

where:

W', Kaiser - Bessel kernel window function, see also [5], is defined as follows:

2
n-N14
I fm—
“{m ( N4 ) } N

for osng—
W =
(ma) fo[ira] 2
& 2
2
o0
2
L=z =5
5 k=0
. {4 for N = 2048 (1920)
a = kemel window alpha factor, a =
6 for N = 256 (240)
Otherwise, for window_shape == 0, a sine window is employed as follows:
w (n):sin(i(ml)) for 0<n<£
SIN_LEFT,N N2 )
e | N
10 WSIN_ RIGHT,N(H) = sm(;(n-% 5‘)) for —2—' En< N
The window length N can be 2048 (1920) or 256 (240) for the KBD and the sine window.
In case of STOP_1152 SEQUENCE and STOP_START 1152 SEQUENCE, N can still
be 2048 or 256, the window slopes are similar but the flat top regions are longer.
5

Only in the case of LPD_START_SEQUENCE the right part of the window is a sine
window of 64 samples.

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

For all kinds of window_sequences the window_shape of the left half of the first transform
window is determined by the window shape of the previous block. The following formula

expresses this fact:
25



0.0,for O_tici't-1-Ns 4, N1-Ns ~-),for N-1-N- s-5< N- |+Ns 444
V\LEFT N _so- 1.0,for N-1+N-s 5. n<3N—1 N5 44 (ntN 2. s NI-N s for 3N-1-
N-s .c.n<3N-1+N-s WLTD RIG -17". N g400for 3N-1+ Ns 5.n<N 1 4 15

[f w ndOV\W@@@OWSZQ t he wi ndow for STOD TART_SEQUENCE:d1a@ksofobtses WN) .
0.0, ,N- 1-Ns - ), for 0..rz<N-1-N-s 4 for NN1-N-s <n<N -1+N-s

Weap _rerr.n(n), if window_shape_previous_block =1
Wan weer.n (), if window_shape_previous_block == 0

WLEFT,N(”) = {

where:

5 window_shape_previous_block: window_shape of the previous block (i-1).
For the first raw_data_block() to be decoded the window_shape of the left and right half
of the window are identical.

10
a) ONLY_LONG_SEQUENCE:
The window_sequence =— ONLY_LONG_SEQUENCE is equal to one
LONG_WINDOW with a total window length N7 of 2048 (1920).

15

For window_shape == 1 the window for ONLY_LONG_SEQUENCE is given as follows:
W(n) — WLEFT,NJ(”}, for 0<n< N _ I/2
Wesp wrigurv (1), for N_1/2<n<N_I

If window_shape = 0 the window for ONLY_LONG_SEQUENCE can be described as
20 follows:

w(n) = Woeern (1), for 0sn<N_I/2
"= WSINWRIGH?‘,N_;‘ (}‘Z), for N__l/2 =n< N_l

After windowing, the time domain values (z;,,) can be expressed as:
25 40 = W(n) X ny

b) LONG_START SEQUENCE:
30

The LONG_START_SEQUENCE is needed to obtain a correct overlap and add for a
block transition from a ONLY_LONG_SEQUENCE to a EIGHT SHORT_SEQUENCE.

Window length N _land N _sis set to 2048 (1920) and 256 (240) respectively.
35 Ifwindow_shape = 1 the window for LONG_START_SEQUENCE is given as follows:



WLEFT,N st.n 1.0, ,Ns WEIN+- 4 3N I-Ns 44 for N-1+Ns <n< 3N -I-Ns

44 for 3N-I- N s-1+ NNs . n <3N 44 for 3NI+ Ns --5..n<N |1 - RIGHT N
sln 2 0.0, - ) 4 61
WO 2010/040522 ' PCT/EP2009/007205
’WLEFr_ N_;(n): for 0<n< N 112
< IN_I-N_s
d (n)-;—.< 5, Ns 3N I-N.s for ]\3/17 f_/st_ " wen s
Wesp_wiiry_s(n+—5——5~=), for -—=—;-=~Sn.<—--"-"7-=—
0.0, for XLEE<cpneN ]

10

15

20

25

If window_shape = 0 the window for LONG_START_SEQUENCE looks like:

rWLEFT,N_,(n), for 0<n<N _[/2

#(n) =1 10 for N_I/2<n< L0
Wsw_RIan‘,N_s(n"i"N‘f'_ 3N__I4—N_s), fOI’ i]\_/___%g <n< 3N__!;—N_s
. 00, for 22 <n<N |

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

¢) EXGHT_SHORT

The window_sequence == EIGHT SHORT comprises eight overlapped and added
SHORT_WINDOWSs with a length N _s of 256 (240} each. The total length of the
window_sequence together with leading and following zeros is 2048 (1920). Each of the

eight short blocks are windowed separately first. The short block number is indexed with
the variable j=0,..., M-1 (M =N _I/N _s5).

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

w (n)= Werrn (M) for 0<n<N_s/2
OV = \ W momr_o(m), for N_s/2<n<N_s

w () = V%D‘LEFT.NJ(n) for 0sn< N_s/2
(TR L Wean_misira s, for N.s/2<n<N_s

Otherwise, if window_shape = 0, the window functions can be described as:
Weerw (M), for 0sn<N_s/2

o) = {Vx@wﬁ,s,,m_s(n), for Ns/2<sn<N_s



4 20 64 WO 2010/ 040522PCT/ EP2009/ 007205 f) LPD_START_SEQUENCE: 5 The LPD
START SEQUENCE is needed to obtain a correct overlap and add for a bl ock

transition froma ONLY

_I and N mﬁ(ﬁg/@@gzzto 2048 (1920) and
wi ndow_shape -

0 n<N-1I

wi ndow f or
I-N s 1. 0
-724444

5

10

15

20

WLEF T ,N _I
for 3N-1- N-$ 5n<3N-1 44 0. O,for 3N1 5n<N 1 4 If wi ndow _shape =
JENCE {moks Ifok@s WLINEFS/ 2 JVfor O 5_

N $3r N QF 23N 7\}\#53 n<3N-1 SIN _RIGHT ,"

1 the wi ndow for
OA 2 Ni 3N
LPD ST

L(fz41)%|§'l;* S 3|\T I

SIN _RIGHT N, s

LONG_ SEQUEN

to a LPD SEQUENCE. W ndow | ength N
(240) r especidi/giosodtod f

LPD _START_SEQUENCE is given as foll ows:

1-Ns 1.0,for--- n<-- 24 (n+tN-s 3N 1-N s

0 the

o< N 2 N 13N

for

The overlap and add between the EIGHT _SHORT window_sequence resulting in the
windowed time domain values z;, is described as follows:

r

0, for 0 s n< 220
WYRARTY Wy(n— 252, for B0 < Blils
xf—l,n«ﬁa‘ii‘nzi—'”i‘- ) 1( %)"?xj,n_mmz:-;m . " W}(n_,’.‘.’_:izﬁéf_:ﬂ’_";),
Zin =) for 1< j < M, XLHI0s oy o NLQIeON s
xM—f,n—ME.ﬁ:..ﬂi 'WMH(” “%),
for N-f+(21:f~l)N_s <n< Nw!+(2;:[+i)N__,;
0, for LLEMONs < o N |

d) LONG_STOP_SEQUENCE

This window_sequence is needed to switch from a EIGHT _SHORT SEQUENCE back to

aONLY_LONG SEQUENCE.

If wmdow _shape == 1 the window for LONG_STOP_SEQUENCE is given as follows:

0.0,

N_I-N
WLEPT,N_s(n“ )

1.0,

LWKBD_RJGHT,NJ(”):

CR

[f window_shape ==

00,

N_I-N
WLEFT,N_.;(”_' )

10,

~W.swm RIGHT,N | (m),

w(n) =

for 0<n<m

N I-N N I
for —=—="<n< -:N-’

for XLES<n< N 1/2

for N I1/2<n<N [

= 0 the window for LONG_START_SEQUENCE is determined by:

for 0<n < %02

N =N NN
for ~=3"=* <n<-=

for 2P <n< N 1/2
for N 1/2<n<N_{




0.0,for 3N-1 5n<N | 4 The w ndowed ti nme-domai n val ues can be cal cul ated
with the fornula explained in a). g) STOP_1152 SEQUENCE: The STOP _ 1152
_SEQUENCE is needed to obtain a correct 3overl ap and add for a bl ock
transiti ogyd sfsiPD_SEQUENCE to O\ILY_q_O\IG_SEQJENCE. PEOIRPAGI9/007205

2010/ 040522PCT/ EP2009/ 007205 N 1 0.0,for O ... n < --- 4 for -7.-- ...
n<-- N1 N1+2Ns WEFT .1, I _s(n --11), 44 1.0, for N 1+2N-s <n<2N- 1+3N
S - 44 N2N 1+3N s) for 2N/ + 3N s 5 n<Ni-14 | +3Ns 4_ 4 WKBD _RI GHT, N
_1(n+ 0. OThoowiNdbwedNime @oaiATaliedban be calchlatedivAgans FRARR expRided e ¥y ndow for
STOP_ 1152 SEQUENCE | ooks | i ke:

5 &) STOP_START SEQUENCE:

The STOP_START_SEQUENCE is needed to obtain a correct overlap and add for a block
transition from a EIGHT_SHORT_SEQUENCE to a EIGHT SHORT _SEQUENCE when
justa ONLY_LONG_SEQUENCE is needed.

10
Window length N _7and N _sis set to 2048 (1920) and 256 (240) respectively.
If window_shape == 1 the window for STOP_START SEQUENCE is given as follows:
0.0, for 0 < 1 < ﬁxfm‘i&ﬁ
W, s(n-—N“l_N““S), for N"l—N_sS <17\f'_l+]\"__s
- 4 4 4
W(n)= 10, for N“1+]\_’_S$n<3N"1_N'—S
4 4
- N_s 3N _I-N_s. for N _I[-N_s_ . 3N_I+N_s
Kw_mc;ﬁ?.w_:("“*" 5 - ), 4 4
4 3N_I+N _s
0.0, for —=————=—<n<N I
15
If window_shape ==  the window for STOP_START SEQUENCE looks like:
0.0, for0<n< ﬂ;t_{\f__:_{
WLEFTNS(W_N__!——N_S)’ for le—Nms$n<N_l+N_s
- 4 4 4
W(n) = 10, for N_I+N__s_<_n<3N_l-N_ﬁs
_ 4 4
N_S 3N_I—N___S foruisn<w:i
Wsw,kfcﬂr.:v_s (n+ 5 - 4 ) 4 4
0.0, for E‘ym:%ﬁmigndv_f
20

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



forO.< N 4 for N1 <n<N-1+2N $ 44 10,for N -1+2N -s .<12<2N-14+3N-s 44 N
1 2N1+3Ns for 2N-1+3N-s<n<N | +3N-s n- ), 4-4 24 The wi ndowed ti ne-domain
val ues can be calculated with the for e explained in a). 10 h)
STOP_STARG 5 0,065dENCE: The STOP S ART 1152 SEQUENGEhemaeeded to
obtain a correct overlap and add for a 15 block transition froma LPD
SEQUENCE to a ElI GHT_SHORT_SEQUENCE when just a ONLY_LONG SEQUENCE i s
needed. Wndow length N lTand N _s is set to 2048 (1920) and 256 (240)
respectively. 20 66 WD 2010/ 040522PCT/ EP2009/ 007205 NI 0.0,for O n < -=-
4 for N1 n < N1+2N S WEFT N _2( 44 1.0,for N -1+2N-s .12<3N-1+N -s 442
fyLPD_START SEQUENCE:

5 The LPD_START_SEQUENCE is needed to obtain a correct overlap and add for a block
transition from a ONLY_LONG_SEQUENCE to a LPD_SEQUENCE.

Window length N _land N _sis set to 2048 (1920) and 256 (240) respectively.

10
If wmdow _shape == 1 the window for LPD_START SEQUENCE is given as follows:
WI,EPT‘N_.' (n), for0sn< ol =
1.0, for N“lSn<3N—1—N“S
W(r)=1 2 4
- (a8 SN_I=N_s o 3N _I-N_s_ 3N I
xen_rigHt,N -3/ 4 4 ’ r 4 =7 4
0.0, for ML cnew
If window_shape == 0 the window for LPD_START SEQUENCE looks like:
[ Woerrn (1), forGsn< N
1.0, for N—l$n<3N“*l"N—S
15 W)=+ 2 4
N_s 3N_I-N_s 3N _I-N s IN I
W;!N_MGHT’N_%(:@»& Y 2 ), for , <n< 2
0.0, for NI Sn<N_|
L
The windowed time-domain values can be calculated with the formula explained in a),
20
g) STOP_1152_SEQUENCE:
The STOP_1152_SEQUENCE is needed to obtain a correct overlap and add for a block
transition from a LPD_SEQUENCE to ONLY LONG_SEQUENCE.
25

Window length N _7and N _sis set to 2048 (1920) and 256 (240) respectively.
If window_shape == 1 the window for STOP_1152 SEQUENCE is given as follows:



forl Ns3N 1 + --

tor - +N s 424 for

3N-1+N s5,n<N 1+N s 4

5 1If

wi ndow _shape = 0 the wi ndow for STOP_START SEQUENCE | ooks |ike: Wn)= SIN

WLEFT, N, EIGHT N1, n+ 0.0, ,N) for 0-5_}, 5. n<N
_S 4 1.0, vhb s03hVoshbeas

4 N-1IN-1+2N-s for. _n<
PCT/EP2009/607265

0.0, for05n<N4——’
B (n_N‘i_l), or Nt <Nm_l+42Nws
Winy = Lo, o N_1+2N s 2N 143N s
4 4
N_I 2N _143N s, for NN S oy g 3S
WKBD_RIGHT,NJ(” + > - 2 ) 4 o
0.0, foerl+3N4—SSn<N__1+N_s

If window_shape == 0 the window for STOP_1152_SEQUENCE looks like:

5
( 0.0, for0<n< N‘;l
Wmﬂ,wﬂs("“N;l): oo N_ISH<N__I~:2N_S
W (n) = 1.0, for N_l-i—ZN_&sSn{ZNMI:SN“S
N I N 143N s, for MLEINS o 1238
Wem wiourn (1 +—=— ——= p =), 4 -
0.0, forN_1+3’-%=f-5n<N_z+N_s
The windowed time-domain values can be calculated with the formula explained in a),
10
k) STOP_START 1152 SEQUENCE:
The STOP_START_1152_SEQUENCE is needed to obtain a correct overlap and add for a
[5  block transition from a LPD_SEQUENCE to a EIGHT SHORT_SEQUENCE when just a
ONLY LONG_SEQUENCE is needed.
Window length N _land N _sis set to 2048 (1920) and 256 (240) respectively.
20

If window_shape == 1 the window for STOP_START SEQUENCE is given as follows:



-- 44 for N-1+2N-s-1-s :5 n <3N+N 442 for 3N-IN-s3N-1+... n <+tN s s

424 for 3N-1 1+N +Ns..c.n<N +), 0.0,
66
WO 2010/046522 PCT/EP2009/007205
0.0, forGsn< N4—I
N I N | N I+2N s
WLEFT.N_:(n— 4_ )s fOl' ; N e, 4 =
W) =1 1.0, for NIH2N s, NI N s
4 4 2
N s 3N I N s, gt Nos , N1y,
WKBD_RIGH‘I‘,N__: {(n+ - + Y- 4 -
4 2 AN |
0.0, for =1 N _s<n<N_I+N_s

4

5 Ifwindow_shape == 0 the window for STOP_START_SEQUENCE looks like:

0.0, for0<n< N;l
N I N I N [42N s
Wwﬂ,n_;(n"‘ 4? ), for 4_ Sn<----‘-‘---~;-—-—-—‘-=—-
W(n)2< 1.0, forwgn<ﬂ+'~vws
4 4 2
N s 3N1 N_s for 3N_l+N“SSn<3N“"]+N s
WSIN_RIGHT,N_s (n+ - 4 + 5 ), 4 2 4 -
0.0, for——sh;“l+N__SSn<le+N_ﬁs

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

233 OCverlapping and adding with previous window sequence

Besides the overlap and add within the EIGHT SHORT window_sequence the first (left)
part of every window_sequence is overlapped and added with the second (right) part of
15  the previous window_sequence resulting in the final time domain values owr,,. The
mathematic expression for this operation can be described as follows.
In case of ONLY_LONG_SEQUENCE, LONG_START_SEQUENCE,
EIGHT _SHORT_SEQUENCE, LONG_STOP_SEQUENCE,
STOP_START_SEQUENCE, LPD_START SEQUENCE:
20



4 10 The wi ndowed ti ne-donain values can be calculated with the formula
explained in a). 2.3.3 Overlapping and adding with previous w ndow seqguence
Besi des the overlap and add wi thin thegfl GHT_SHORT wi ndow_sequence t he
first (Iefggaeronepspart of every window_sequence is ovesd@Rng@angs added
with the second (right) part of 15the previous w ndow sequence resulting in
the final tinme donmain values out,."”. The nmathematic expression for this
operation can be described as fol lows. In

caseof ONL Y. ONG_SFQUENCE, LQN@_@IAQE SEQIENGIg. (141 _ SHORT_SEQUENCE, LONG
STOP SEQUENCE, CPHS%ART SEQUENCE2 'LPD STARTSEQUENCE: 67 WO

2010/ 040522PCT/ EP2009/ 007205 oute,” =" ZN 7 for 0 n <N = 2048 (1920) 2

And in case of STOP 1152 SEQUENCE, STOP_START 1152 SEQUENCE: 5out =+N 1 311
s 24 for O\Bineasiof STOP=T F248EQNENSE: S?68_STAREabS208EQUENSEART SEQUENCE,

t he next sequence is a LPD SEQUENCE. A SIN or KBD wi ndow is apply on the
left part of the LPD_SEQUENCE to have g good overlap and add. yrl 10 wSIN
LEFT N(n) wtsl#e(,.*w(nm ;N))forf0® OSnH <-~2—-*2 VWVt H =N2OHBBN _s = 256

In case of LPD_START SEQUENCE, the next sequence is a LPD_SEQUENCE. A SIN
or KBD window is apply on the left part of the LPD_SEQUENCE to have a good overlap
and add.

3 1 N .
10 WSIN—LEFT’N(H)zsm(-;\f-(n«z-;)) for 05n<-—2- With N =128

In case of STOP_1152 SEQUENCE, STOP_START 1152 _SEQUENCE the previous
sequence is a LPD _SEQUENCE. A TDAC window is apply on the right part of the
LPD_SEQUENCE to have a good overlap and add.

15
fower=Ry
Ry RS2 By ® &«—— Current frame
k
[ atedieimtetaieuindndeduie J fro T — : J,
. i ., i |
L‘i’};"’f'r‘;ﬁe ——+3 Windowing |— Folding -3 | Unfolding -— Windowing - —:H Adding -

1 | 3 .

T __—_—. | . T e ]

TOA TOA
3. IMDCT

See subclause 2.3.1

20 3.1  Windoewing and block switching
Depending on the window_shape element different oversampled transform window
prototypes are used, the length of the oversampled windows is

N, =2-n_long-os_ factor _win

25
For window_shape == 1, the window coefficients are given by the Kaiser - Bessel derived
(KBD) window as follows:



N2 I n case of STOP_1152 SEQUENCE, STOP_START_1152 SEQUENCE t he previous
sequence is a LPD SEQUENCE. A TDAC wi ndow is apply on the right part of the
LPD SEQUENCE to have a good overlap anggadd. TDAI TDA 3.1 MDCT See subcl ause
2.3.1 20 FdWineew,ng and bl ock sw tching Dependi ng onpcdaerwdogRws Shapc
el ement different oversanpled transform w ndow prototypes are used, the
| ength of the oversanpled windows is Nos =2 n long, os factor wn 25 68
WO 2010/ 040522PCT/ EP20 0/ 007205 Nos-n-1 E [w (Picz)] foros < n < N 20s

P-0 Nos/2 '[g/(w)]( AQ
N,
WKBD(n~ 2‘”): Nom for —E <n<Ny

§[W(P=a)]

where:

‘ W*, Kaiser - Bessel kernel window function, see also [5], is defined as follows:

I 7 I.O——[w}
N, /4 N

for 0<ng—%E
Io[n"a] or n

W'(n,a)

5

K

k=0

a =kemnel window alpha factor, ¢ =4

Otherwise, for window_shape == 0, a sine window is employed as follows:

10 Wsw[”'*Nos)xsir{ id (n+l] for «-AfQS—Sn < Ngg
2 Nos 2 2

For all kinds of window sequences the used protoype for the left window part is the

determined by the window shape of the previous block. The following formula expresses
this fact:

15

W sp[n) if window _shape _ previous_block =1
left _window _shape[n}= -
Won[n} if window _shape _ previous _block = 0

Likewise the prototype for the right window shape is determined by the following formula:

‘ W ey inl if window _shape =1
20 right_window _shape[n]=4 *" [} =P
W {n} if window _shape =0

Since the transition lengths are already determined, it only has to be differentiated between
EIGHT_SHORT_SEQUENCE:s and all other:



wher e: W, Kaiser - Bessel kernel w ndow function, see also [5], is
defined as foll ows: a =kernel w ndow al pha factor, = 4 Gherw se, for
wi ndow_shape = 0, a sine w ndow is enmpkgyed as foll ovvs 10 15 Wm For this

fact: (? @otondssin ( Jr of wi ndow_sequences n +1 \ Zshapgosiedtfaos - 9-S- <
nN os ..,2 the used protoype for the left wi ndow part is the of the

previ ous bl ock. The follow ng formul a expresses

a)EIGHT SHORT SEQUENCE:

The following c¢-code like portion describes the windowing and internal overlap-add of a
EIGHT SHORT_ SEQUENCE:

tw_windowing_short(X[][],z[].first_pos,last pos,warpe_trans len_left warped frans_len_r
ight left_window_shape[],right window_shape[]){

offset =n_long — 4*n_short -~ n_short/2;
10
tr_scale 1 = 0.5%*n_long/warped_trans_len_left*os_factor win;
tr_pos i-warped trans_len_left+(first_pos-n_long/2)+0.5)*tr_scale I;
tr_scale 1= 8%os_factor win;
tr_pos_r=tr_scale r/2;
15
for(i=0;1<n_short;i++){
z[i] = X{O][i};
}

20 for(i=0;i<first_pos;i++)
Z[i} =0,

for(i=n_long-1-first pos;i>=first_pos;i--) {
z[i] *=left window_shape[floor(tr_pos_D};
25 tr_pos | +=tr scale I;
}

for(i=0;i<n_short;i++) {
z[offset+i+n_short}=
30 X[0}{i+n_short]*right_window_shape[floor(tr_pos_1)];
tr_pos_r+={r_scale r;

}

offset +=n_short;
35
for(k=1;k<7;k++){
tr_scale 1= n_short*os_factor_win;
tr_pos_| = tr_scale_l/2;



determned 2 all kinds by the w ndow ' Nos | eft _w ndow _shape[n] = W KBD
[17], if window shape previous block = 1 W/ Nn], if w ndow shape
_previous _block = 0 Likewi se the prot@ype for the right w ndow shape is
det er m nedyd¥obgsiol | ow ng fornul a: 20 right _w ndow pSHhapgbddor2e¥V ap [ nl
if window _shape =1 Wsw{n], if wi ndow _shape =- 0 69 wo
2010/ 040522PCT/ EP2009/ 007205 a) El GHT SHORT SEQUENCE: The fol | owi ng c-code
| i ke portion descri bes t he, wi ndowi ng and i nternal overlap-add of a
El GHT _SHORTYSpRdUEReE gt er wind adapgi_B¥abt (X[ ][], z[ ]

, flrst_pos, fagt =@od ket tikangi enl ef t, war ped_ transien_r

ight,left_vm et.,.= n_long - 4* short -
n_short/2; tr %Qﬁ]@ﬁmgg&lﬁm r?%%a@%&% @s})‘l? ﬁl’l ef rosfactor_w n;
tr_pos_ | = Pﬁﬁftﬂ*twmbﬂ:l eft+(first_pos-n_long/2)+0.5)*tr_scal el ;
_tr_)sE:aISF_r] = 8’;(03” i ;prsh%eag-n *ﬁ%ht%?zdéw;sﬂaﬁe[ﬁﬁ&&@joéﬂ)] for(i=0;i<n short
i++){ z[i [ I <first_pos;i+

for(i=n_ Iongtr{Jl +Irstﬂr 833+’> =first_pos;i--) ( z[|] 4c=

left wi ndow gmpg[-ﬁlmmaﬁmi _pos_1)]; 25tr_posl += tr_scale_1; for(i=0;

i<n_short;i++) { z[ of fset +i +n short]—
30X[ 0] [i +n s&gert'gz_]_tnré ght wi ndow_shape[fl oor(tr_pos_r)];
10 }

tr_scale_| = n_short*os_factor win;
tr_pos_l=1r scale 1/2;

15 for(i=n_short-1;i>=0;i--){
z[i + offset] += X[7][i}*right_window_shape[(int) floor(tr_pos_I)1;
tr_pos | +=1tr_scale I;
}

20 for(1=0;1<n_short;i++){
z[offset + n_short + i] = X{7][n_short + i];
}

tr_scale r=0.5%n_long/warpedTransl.enRight*os factor win;
25 tr_pos_r=0.5*tr_scale r+.5;

tr_pos_r = (1.5%n_long-(float)wEnd-0.5+warped TransLenRight)*tr_scale_r;
for(i=3*n_long-1-last_pos ;i<=wEnd;i++) {
z[i] *¥=right_window_shape[ficor(tr_pos_r)];
30 tir_pos_r+= tr_scale r;

}

for(i=lsat_pos+1;i<2*n_long;i++)
z[i] =
35
b) all others:



r_pos_r +=tr_scale_r; offset += n_short; 35 for(k=1 ;k<7;k++){ tr_scale_l

= n_shorros_factor_w n; _posi = tr_scale 1/2; 70 WD
2010/ 040522PCT/ EP2009/ 007205 tr_pos_r 3 osfactor win*n _long-tr_pos_1; for (
i =0 | wosubhRst ; 1++ ) ( z[i + offset] += PCT/EP2009/007205

X[ k][l]*rlght w ndow_shape[floor(tr_pos_r)]; z[offset + n_short + i] =
5X[k][n_short + 1]tright_w ndow shape[fl oor(t r_pos_1)]; tr_posi +=

tr_scale 1; tr_pos r -=tr_scalet; offset += n_short; 10} tr_scale] =
n_short* asf woidowing long@®i1[hed.first_pos,lst abewiip2 ; trabSflen ldft, wampedlvang len 4 ; >= 0

; i+ t " hapeRi nt) fl tr_post)];
() pons BBl gt Sy A ELepen 1), 15 G,
n_short + i] = X[ 7][n_short + i]; _scale_r =

0.5*n Iong/maﬁ:pecﬁistgpad,;emﬂ ght * osf act or_vvl n; 25tr_pos_r =

0. S*tr gscal _pos_r =
(1.5*n"l on Qfgl oat V\End 0. 5+war pedTransLenRi ght) *tr_scal e_r;
for(i=3*n glaﬁtj%ﬂ P8 <=wEnd; i ++) { z[i] *=

right_w ndom]s:hgpe[floor(tr _pos_0]; 30tr_pos_r +=tr_scale_r;
for(i=Isat_pos+l;i<2*n_long;i-1-+) z[i] = 0.; 71 WO

2010/ 040522PCT/ EP2009/ 007205

tw w ndow figbaategt XpTd Jlomedvirpeds trapoen| kEtopbetonawipe trans_len_left, warped_tr
ansl eng i Qsh_}mé =Ef&é&‘béﬁﬂ&%ﬁf&ﬁﬂ%ﬂﬁﬂs%&&}@/ﬂd@w&ﬂ%%[ D{

for(i=N/2-1-first_pos;i>=firs{ pos;i--) {
z{i] = X[0]{i}*1eft_window_shape[floor(tr_pos)]);
tr_pos +=tr_scale;
15 )

tr_scale = 0.5*n_long/warped_trans_len_right*os_factor_win,
tr_pos = (3*N/4-last_pos-0.5+warped_trans_len_right)*tr_scale;

20 for(i=3*N/2-1-last_pos;i<=last_pos;i++) {
zfi] = X[0]{i]*right_window_shape|floor(tr_pos)]);
tr_pos += tr_scale;
}

}
25

4, MDCT based TCX
4.1  Tool Description _
When the core_meode is equal to 1 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
30 greater than 0, the MDCT based TCX tool is used. The MDCT based TCX receives the
quantized spectral coefficients from the arithmetic decoder. The quantized coefficients are
first completed by a comfort noise before applying an inverse MDCT transformation to get
a time-domain weighted synthesis which is then fed to the weighting synthesis LPC-filter

35
4.2 Definitions



for(1=0;i<first_posii-FE) 5z[i] = 0.; for(i=last_pos+1;i<N, z[i] = 0.;
tr_scale = 0.5*n_|long/warped trans _|len_left*os factor_win; 10tr_pos =
(warped_trans_l enteft+first_pos-N 4)+075)*tr_scale; for(i=N2-1-first_pos;
i >=first_pasihaedi ] = X[O][1]*l eft_w ndow_shape[ f | oosciy¥p:p@mhizhs tr_pos
+= tr_scale; 15 tr_scale = 0.5*n_l ong/warped_trans_len_right*os_factor_w n;
tr_pos = (3*N 4-1ast_pos-0. 5warped _transien_righttr_scal e;
20f or (i =3*\/ 2- 1- | ast _pos; i <=L ast s L] e
X[ 0] [i] *ri‘%lfu i ndow_shape[f:l‘g et i) ﬂe?‘:sp%&rf‘]p%’g iclesquputbr e \pot
based TCX 4. 1Tool Descripti o™ th e eor e_node is equal to 1 and when one
or nore ofyg Q%&é&iee TCX md%igeﬁe‘éﬁg\%ﬁtiﬁﬂi{ﬁ%t}ege I near

e. e

predi ction-domal n® coding, i. one array entries of nmod() is 30

greater thapevel he MXCT basgdyel GKndi@0hnjdofd 4 flonsliiBiedBetupased TCX
receives the quanti zed spectral coefficients fromthe arithnetic decoder.

The quant ingrefjcoefficients an&ctfoiaﬁgengﬁfmln@tsed by a confort noise before
appl ying an inverse MDCT transformation to get a time-donain wei ghted
synt hesi s gidbiat lgains t hen fed Re-sciimgweightntatisyintdeesi s LPC-filter 35
4.2Definitions 72 WO 2010/ 040522PCT/ EP2009/ 007205 | gNunber of quantized
spectral aoefficients output Reycaling gam t hneti c decoder noi se_factor Noi se
| evel quantization index noise |evel Level of noise injected in
reconst rud®ed spectrum 5noi s&PpiBeIquE ofjineyrthesized dimgedomain signal, x[],
gl obal _gai nRe-scal ing gain quantization |ndex Re-scaling gain rrnsRoot nean
square of Xhe synthesized ti SEUQEHRRANTSITAN SIgTY  xSynt heti zed ti me- domai n
si gnal 010 : :

1

4.3  Decoding Process

The MDCT-based TCX requests from the arithmetic decoder a number of quantized
spectral coefficients, Ig, which is determined by the mod{]} and last_lpd mode values.
15 These two values also define the window length and shape which will be applied in the
inverse MDCT. The window is composed of 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*¥lg, ZL zeros are added on the left and ZR zeros on the right

side as indicated in Fig. 14G for Table 3/Fig. 14F.
20

Table 3 — Number of Spectral Coefficients as a Function of last_lpd_mode and mod|}

Value of value | Numberig | ZL | L M R | ZR
Iast_ipd mode of of spectral
modix] | coefficients
0 1 320 160 | O | 256 | 128 | 96

0 2 576 2881 0 | 512 | 128 1224
0 3 1152 512 | 128 | 1024 128 | 512
1.3 1 256 64 | 128 | 128 | 128 | 64
1.3 2 512 192 | 128 | 384 | 128 1192
1.3 3 1024 448 | 128 | 896 | 128 | 448

The MDCT window is given by



4. 3Decodi ng Process The MDCT-based TCX requests fromthe arithmetic decoder
a nunber of quantized spectral coefficients, Ig, which is determ ned by the
nod[] and | ast | pd node val ues. 15 Thege two val ues al so define the w ndow
| engt h angygshapaeski ch will be applied in the inverse p@kzo08he 208 ndow i s
conposed of three parts, a left side overlap of L sanples, a mddle part of
ones of Msanples and a right overlap part of R sarrpl es. To obtain an NMDCT
wi ndow of | ength 2*1g, Zé_ zeros are added on t IeH: and ZR zeros on the
right side as ijndicated Tn Fig. 14G%or Tabl e Fr% 14F. 20 Table 3 -
Nurmber of Spect|ral #opeffi ¢teBLly as grFuncti o@lcfr» ka@t+ 4 pd_node and nodl ]
Val ue of Ina%s_l Jpd_node val ue of rmeog] Nurmengg,@fZng,e+cM al coefficients
R

ZLL RZ 0 160 o 256 128 96" 0 2 576 %4
on_mera—2L—L-M) for ZL+L+M Sn<ZL+L+M+R

0 Jor ZL+L+M+R<n<2lg

The quantized spectral coefficients, quant[], delivered by the arithmetic decoder are
5  completed by a comfort noise. The level of the injected noise is determined by the decoded
noise_factor as follows:

noise_level = 0.0625*(8-noise_factor)

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

noisefi] = random_sign()*noise_level;

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

15 by the components of noise[]. A run of 8 non-zeros are detected according to the formula:
rifil=1 forie0,1g/

riflg/6+i]= i‘quant[lg/é + 8]_:'/ 8_]+ k]| forie[0,7.1g/ 6]

One obtains the reconstructed spectrum as follows:
_ jquant(i] if rifil=1
- noise[i] otherwise

20  Prior to applying the inverse MDCT a spectrum de-shaping is applied according to the
following steps:
1. calculate the energy E, of the B-dimensional block at index m for each 8-
dimensional block of the first quarter of the spectrum

2. compute the ratio R,=sqrt(E,/Ey), where I is the block index with the maximum
25 value of all E,,,

3. if R,<0.1, then set R,,=0.1

4, if Rpy<Rp.;, then set R=R,.;

Each 8-dimensional block belonging to the first quarter of spectrum are then multiplying
30 by the factor R,.



0 512 128 224 0 3 1152 512 128 1024 128 512 1..3 1 256 64 128 128 128 64
1.3 2 512 192 128 384 128 192 1..3 3 1024

74
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The reconstructed spectrum is fed in an inverse MDCT. The non-windowed output signal,
x{], is re-scaled by the gain, g, obtained by an inverse quantization of the decoded
global gain index:

=10 global _gain/ I8 /(}.rms)

g

Where rmis 15 calculated as:

10 The rescaled synthesized time-dome signal is then equal to:
x,[i]=x[i]-g

After rescaling the windowing and overlap add is applied.
15
The reconstructed TCX target x(n) is then filtered through the zero-state inverse weighted
synthesis filter A(z){(1-az"}/(4(z/A) to find the excitation signal which will be applied
to the synthesis filter. Note that the interpolated LP filier per subframe is used in the
filtering. Once the excitation is determined, the signal is reconstructed by filtering the
20  excitation through synthesis filter 1/ fl(z) and then de-emphasizing by filtering through the
filter 1/(1~0.68z7") as described above.

Note that the excitation is also needed to update the ACELP adaptive codebook and allow
to switch from TCX to ACELP in a subsequent frame. Note also that the length of the TCX

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

Normative References

30 [1] ISO/IEC 11172-3:1993, Information technology - Coding of moving pictures and
associated audio for digital storage media at up to about 1,5 Mbit/s, Part 3: Audio.

{2] ITU-T Rec.H.222.0(1995) | ISO/IEC 13818-1:2000, Information technology - Generic
coding of moving pictures and associated audio information: — Part 1: Systems.
35



448 128 896 128 448 The MDCT wi ndow i s given by 73 WO 2010/040522 0 for
PCT/ EP2009/ 007205 0..c.n<ZL Wsm LEFT (n - ZL) for ZL.5.n<ZL+L Wn). 1 for
ZL+l,5 n<ZL+L+M WBIN RIGHT ,R(n - ZL 3L - M for ZL+L+Mbn<ZL+L+MtR O for
Z. L+1. +M wio Bag@ibsr: PCT/EP2009/007205

[3] ISO/IEC 13818-3:1998, Information technology - Generic coding of moving pictures
and associated audio information: - Part 3: Audio.

[4] ISO/IEC 13818-7:2004, Information technology - Generic coding of moving pictures
5  and associated audio information: - Part 7: Advanced Audio Coding (AAC).

[5] ISO/IEC 14496-3:2005, Information technology — Coding of audio-visual objects —
Part 1; Systems '

10 [6] ISO/IEC 14496-3:2005, Information technology — Coding of audio-visual objects ~
Part 3: Audio

[7] ISOAEC 23003-1:2007, Information technology — MPEG audio technologies —
Part 1: MPEG Surround

15
[8] 3GPP TS 26.290 V6.3.0, Extended Adaptive Multi-Rate — Wideband (AMR-WB+)
codec; Transcoding functions

[9] 3GPP TS 26.190, Adaptive Multi-Rate — Wideband (AMR-WB) speech codec;
20  Transcoding functions '

[10] 3GPP TS 26.090, Adaptive Multi-Rate (AMR) speech codec; Transcoding functions

25  Definitions

Definitions can be found in ISO/IEC 14496-3, subpart 1, subclause 1.3 (Terms and
definitions) and in 3GPP TS 26.290, section 3 (Definitions and abbreviations).

30
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
35  block or item or feature of a corresponding apparatus.



The quantized spectral coefficients, quant[], delivered by the arithnetic
decoder are 5conpleted by a confort noise. The |evel of the injected noise
is determ ned by the decoded noi selact® as follows: noise_level =

0. 06254 ( 8wwia@edosat or) A noi se vector, noisen, ispdhereoamesed using
a random function, randomsign(), 10delivering randomy the value -1 or +1.
noi se[i] = random si gnO*noi se_| evel; The quant[] and noi se[] vectors are
conbined tQ formthe reconstructed spectral coefficients vector, ru, in a

way that tHE RYFREVGFneadedodin tigna) &2 & Sred on A48t starage mesdf e 88 A5 t he
conponent Sranfmined s [ajtrandnikith flkedi@narhze kosirddse tdedntisdi@dmadiany ¢t awgirdéd t he

formula. { L =1 i 7 r/[1g/ 6 + i]=lquant[10 + 8 ti / 8 |j
+ k]I for téa!n%rbl]“}o%rgnf&{gfl SI‘Z‘%%‘A%% r?%ti ns the reconstructed spectrum as
follows: guant[i] if rl[i] =1 r[i] = noise[i] otherwise 20 Prior to

appl yi 59 tih@eadive6:s CeridGineriditftionuBy /R aPEMBodisie®p B HRAnGES: dig: t 0 t he
fol |l ow ng 'Stgﬁ%:t L, .. glal culate th ener,@g .En, of ghe 8-g| mensi onal . bl ock at

i ndex m f SPPETERTE 1 SRdRRL SR OB PGk 8 PRIFPIAEPT G P BFIOFE e ct r um
2. conput eligitabstoege oveRium: orr ¢xalple A Bdppyiskez DVIY 2 6B, bIRQM, 2 PREHMmrt h t he

maxi mum 25ymoM, ah IR or a FLASI?{-m.bxan\? “Halin :eﬁ:ﬂﬁaﬂicﬁﬁf Balte Leontrol 4.
if RR', [, then@et R', = 74 WO 2010/ 040 2%)?%?%]5P2009/.007205 The
r

r econst r uct&RAIss Fater Hirgea, FRICh (oA s @S ABYPERIRELWEL Gut put
si gnall0 x[prograramelele saapeet dpytembyacigthiatihe grspadivaneded bypaformader se
guanti zati on of the decoded gl obal _gain index: gl oglobal _gain

[211/(2.rns) 5 Wiere rnms is calculated as: rns = 31W2-] X T[] Myl 2
Some embodiments according to the invention comprise a data carrier having

electronically readable control signals, which are capable of cooperating with a
programmabie computer system, such that one of the methods described herein is
15 performed.

Generally, embodiments of the present invention can be implemented as a computer

program product with a program code, the program code being operative for performing

one of the methods when the computer program product runs on a computer. The program
20  code may for example be stored on a machine readable carrier.

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

25  In other words, an embodiment of the inventive method 1s, therefore, a computer program
having a program code for performing one of the methods described herein, when the
computer program runs on a computer.

A further embodiment of the inventive methods is, therefore, a data carrier (or a digital
30 storage medium, or a computer-readable medium) comprising, recorded thereon, the
computer program for performing one of the methods described herein.

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

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



L+MtR 10 The reseal ed synthesized tinme-done signal is then equal to: z"[i]
= x[i] g After resealing the window ng and overlap add is applied. 15 The
reconstructed TCX target x(n) is then filtered through the zero-state

i nver se wei@ht@cesynt hesis filter A(z)(1- az-1)42(z/ Actrebiwdrhe
excitation signal which will be applied to the synthesis filter. Note that
the interpolated LP filter per subframe is used in the filtering. Once the
excitation is determ.ned, the signal is.reconstructed filtering the
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20



[9] 3GPP TS 26.190, Adaptive Multi-Rate - Wdeband (AVR-WB) speech codec;
20 Transcodi ng functions [10] 3GPP TS 26. 090, Adaptive Miulti-Rate
(AVR) speech codec; Transcodi ng functisons 25Definitions Definitions can be
found in 1 SO I EC 14496-3, subpart 1, subclause 1.3 (Terns and definitions)
and in 3GPP TS 26. 290, section 3 (Defdimsti ons and abbreviations). 30
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wi th a5programmabl e conputer system such that one of the nethods described

Ber ei nI is 1t5 pﬁl’s\fv%ﬂ'&d-suﬁi?ﬂﬁé aletwben Wﬂ@g@hgb?%ﬁ hed mﬂieeseeaﬁcé%;gﬂl?:]i on can
e inpl enented as,a conmputer program product. wi e
progr am code g%'?“?‘f& B g&?li er?%}r _ﬁ%er “glrorhn%“g Sl%ael"%?lgﬁtﬁge%%%%%gs When t he
conput er pr ograrhgreoehdencadas size isgn 66 ApPgeEOuPThegyskogr am 20 code may for
exanpl e be stored on a machine readable carrier. Qher embodi ments conprise
Storedbon a mebREHLSAELBY B DaPE e s RPN rHs e EhaATE T o
the inventive trethodni o, the hediefsigna, is aeprewpigd @f Uy Gt anaoded sigaal ot ghdgr am

code for perf ofphR0nefRaQienhiig (HEIREES cH@sCHiedviRameiHs sigaiemalyhe icomput er
program runs nbodi nent_of.. th tiye

0 conput et . A further, e : Lpven
net hods is, thﬂ‘ﬁg?wg Cﬁntf)%feéj &4y V?@H}( SFEAIBE; JFSpgﬁé‘ieoglga%eﬁ%egf m or a
conput er - r eadatsb@utirediiuhy ficonpresirrgd theroprieePnyerer.coken thi g gagdeer

program for peghon B B sORGd @heoliftesi R ROBSekIRS Ghd Redoer @t Budifsizhiltiner
enbodi nent of the i v%gtlve method is, therefore, a data streamor a

sequence of si§HEPEYr ESresenting the conputer program for performning one of
t he met hods descri bed 35herein. The data stream or the sequence of signals

may for exanpl g, BepcoRldAW & dfrRtht £ARRDEHTREY sRnd haipaisia@nmaIneat i on
connection, f Oéncggl(e%n;eéneeli \a{rllc? t}}ehsgcgngte%{:o%%& signal and an information indicating the
30 first encoded signal and the second encoded signal, and an information indicating
the time/frequency resolution applied for encoding the first encoded signal and for

encoding the second encoded signal.

2. Audio encoder in accordance with claim 1, in which the signal analyzer is

35 configured for classifying the portion of the audio signal as a speech-like audio
signal or a music-like audio signal and for performing a transient detection in case

of a music signal for determining the time/frequency resolution of the first



77 WO 20101040522PCT/ EP2009/ 007205 A further enbodi nent conprises a
processi ng neans, for exanple a conputer, or a programrabl e | ogic device,
configured to or adapted to performomne of the nethods described herein. 5A
further enbodi ment conprises a conputer having installed thereon the
conput re;irj g_r Ogro@m&@forﬁ@ﬂfa@fol’ﬁﬁg[g a@@@i@isﬁmpmeﬁ?fpmesdmgecrr:dbedni]l:@gle%m. I n
sone enbodi nents,.a progra or exanple a fie

pr ogr ammabl e 3&%&%?@%?)ﬁﬁg%g%%ﬁﬁéggbﬁ%gﬁé%%grn1sone or all of the
functionalities of the methods 10 described herein. In sone enbodi nents, a
field progr a”%mfi@et%@&@ ilﬁ%dcgﬁdazg&)(vi&gmdrla&r@, W wmcmtmifﬁft@pmaas@eﬂrmdhndor der
to performone of .the nethods. described. herein, er . et hods are
prefergbly pef?%wﬁﬁamﬁ§w%%§nr%? ﬁ%?%ﬁaﬁﬁg?ﬁ‘%§¢“$%§15 g%éfa%gﬁﬁt ed

enbodi ment's arveingey dingtiph [Witht 7 garaple veMow hezepindng itgpderpfunchen pitbsent 15
invention. It Jsfami0gaifdRahghatg nodifications and variations of the
arrangenents and the details described herein will be apparent to others
skilled in the art. It is the intent, therefore, to be limted only by the
scope of the iwipesinlithy sisatlervalyetrais monfadehder pypticHmgs pesed fqncth@éiﬂ%l?f/s
presenped by wayival (RESRESPEzOM@BAhE ¥Rdsaallbm of the enbodi nents herein.
20 78 Cains Audi o encoder for encoding an audi o signal, conprising: ba
first coding branch for encoding an audio signal using a first coding

al gori t hmtt o ofided encaddriin sicordmims dath oo ghtile prachding ¢lpiss. wodiidghoraapiech

conpri sing t hespfhdes braf@NNRKHREs 4 BFst HOBUSIRE bRGCIRForipifdisingl @NAkliol sidr@l @
spectral domain;, a secq$d codlgg branch forg%ncogln%:g@ %&%&8 E&gqgl usi ng
a second codi n§ PEFCRRFHTHRACH 87 5t QIR OB LT RIS A TARUPST GraE P ker ei n t he
first 16odi ng adogwrisinhtheisscodil férerrert from t he second codi ng al gorithm the
second codi ng branch conprising a domain converter for converting an input

signal froman jnput, domajn inta an out d i.n, and a.se d converter
for converti ng‘"’é‘:ter’itgi1 mf’u’stlg@l Yrare 1?1?%“%“%‘%%? ?@F@Hg’ﬁﬁ%}? po na&ggﬁ %uélﬁo f or
swi t chi ng bet wagnl tifte 4 i segiencodif Nybipodiveh and whivesis ghrongndogiahgebranch so

that, for a polhi@Re®forlddgndMdlOnd AR regh@BRresoRtibM8F tHehBednlifcahvepgeoded
signal__or the second encoded. n_an encodgr Q%tqut S|%§al' 20a
Fogity

ded.sig IS

si gnal%anal yz€ ‘"’p?r&mgaﬁ%l%i’??&mph‘ga‘%%rSP?“gﬂm(?f‘ &S] HaTOE ™ ¥et er ni ne,
whet her the pdirticbnwil redpectatoda culspgmiah df sthe grteseprveadsedsby e gécond encoded
signal or the sgcond gag@ded signal in the encoder output signal, wherein
the signal analyzer 1s furthernore configured for variably determning a
respective tine/frequency resolution of the first converter and the second
convert er 5. whehudibendddesin enodaed Wbsilgnalt, orwhible theeinnproeassingl étngh gnal
represgnting the . Retdiormfp dhsicaudi o signal is generated; and an out put
interface for generating an encoder output signal conprising the first
encoded signal and the second encoded signal and an information indicating
the 30 first eincobieh tbé¢ gaaind gnotetdeey beodndompewded BIYAaTCXaprdeasing
i nformation in%%ggting the tinme/frequency resolution applied for encoding
the first encoded signal and for encoding the second encoded signal.
2. Audi o encoder in accordance with claim1, in which the signal analyzer is
35confibgur ed farwiitiassi figiahgndlyver pocdniiguredffort fegtinguidle cinsi grdiltioasofahe
speech-like audl.q,SiGR@ker b Lnill'Shive ldettfnAEbY Slc8RR|oraNdiREidResf Prm ng a
transi ent detection | n case ) . .

comparatively lower value determined by a length of the sub-portion multiplied by

an integer value greater than one.

35 6. Audio encoder in accordance with one of the preceding claims, in which the signal
analyzer is configured for determining a signal classification in a constant raster
covering a plurality of equally sized blocks of audio samples, and for sub-dividing a
block into a variable number of blocks depending on the audio



of a nusic signal for determning the tinme/frequency resolution of the
first 79 converter or for perform ng an anal ysi s-by-synthesis processing
for determning the tine/frequency resol ution of the second converter. 3.
Audi o encoder in accordance with claim1l or 2, in which the first converter
and the 5secontinglonMerdiera kagpr ofSthe asubdidcl bdegermines olme dirdt r tans frequengyr ocessor
conprising a wndew, f, gg&gga&%&ﬂe MAS LaRlig M ndow size and a transform
function with a variable transform|ength, and wherein the signal
anal yzer is configured for controlling, based on the signal 10analysis, the
W ndow si ze anthph@lustil@ctdraansé ot drengtthe phecedingichirendndeichi the agpalr dance
wi th ope of t cedl | L0 Whi ck [ h
corpr i bes a f i paprSiantEuel fsBrnkila b I SREPIERERESE AR, e
domai n det er niffrstia plpralipeolrsReen Wadre lenghs. thimgHareRevBiy fmadeserag br anch
15conpri si ng tiket SReINsNG oM@t 9200 es0el40 dahelesignal anal yzer is
configured for sub-dividing the portion of the audio signal into a sequence
of sub-portions, and wherein the signal analyzer is configured for
det er mi ni ng t Heingjthe plursdign ehéiierat rugrantepsthy, fee didlstnbreBsivaricrgthso
dependd ng o B tdagpRsied bi leddt Gfo dfhke Sl &gﬁisﬁ@bfplﬂezfﬁ)sﬁ,dmb@g ashel i Exx .
processi ng branch w { sub-portion of the portion processed by
t he second pr6€g§§$ﬁégg{§%%§gﬁgksﬁﬁﬁio encoder in accordance with claim4,
in which the first processing branch 25conpri ses an ACELP encoder, in which
\tAE_e ﬁeCﬁnd pr qgﬁs@ém%@gigxmmn@lg@rih &eﬁ%@]fhdm&eﬁ_@ﬁrm{gomsﬁhﬂge(ﬂﬁm}yce! 30i?
ich the signal ,anal yzer is.confiqgure r.setting. f ution o
08 oY B8 eoeha FOD S A B8 LM IRERY LF Skl M A

resolution o
t he second conveéerter ghval ue er

sub- pd¥tion orthaplashpnidiffeal yindewdenafhs bgme gbleatt fivheldP4By1a21 BA%tH2of t he
sub- portion mnuighy pt 229 shypiad) ok Nt eger val ue greater than one. 35 6. Audi o
encoder in accordance mﬁt% one of the preceding clains, in which the signal
anal yzer is configured for determning a signal classification in a

const ant rast ersingoy ehirdyy af plifferenti ttapsiorm depgdls) {hesdifagnthirasismolenghidi o

sanpl es, and f@mpsisig di Mhdlihg ofthblgasils dofdifing oy 2o, Bk el 15oNdsl sf 1blocks
depenﬁéng on thetagd|ﬁﬁf8? %i nahg 1Oecg{ein a length of the sub-block

det er fif nes t hePFIFsY° fﬁ@ﬁﬁ?égﬂg ¢Y %€Sol uti on or the second time/frequency
resolution. 7. Apparatus in accordance with one of the preceding clains, in
whi ch thegsi gnaldi®anRslisrzehicch®las@Rfitngine o ik Qrece@heEIrin] MGvHidaht idBdd r equency

resolution to ba}silected f%qg1a plurality of different wi ndow | engths, the
di fferent windSWEERIEREWEIRY at | east two of 2304, 2048, 256, 1920, 2160,
240 sanples, or using the plurality of different transformlengths,

the dbfferent f#ansbQsdnd @8NS FOGOIRY insiud® satnal €ast two of the group
consi sting of 1159% 102&% 1080,1360, 128, 120 coefficients per transform

bl ock, or in which the signal analyzer is configured for determning the
time/ frequencye seeswl profwsingbrantle thesroond! proerseng brangiscamipistR the picorchl ity of
di fferent w ndQwd-2Rahas,

30 a further switch for switching between the first processing branch and the second
processing branch so that, for a portion of the audio signal input into the second
coding branch, either a first processed signal or a second processed signal is in the

second encoded signal.

35 9 Method of audio encoding an audio signal, comprising:



15the plurality of different w ndow | engths being at |east two of 640,
1152, 2304, 512, 1024 or 2048 sanples, or using a plurality of
different transformlengths, the diff&rent transformlengths conprising at
| east two of the group consisting of 320, 576, 1152, 256, 512, 1024
20spectral coeffiduigent $iResodidganaicanm datipckgnaBusiudfie: @digdégorithm accor dance
with one of th di

conpri ses: 25a%1mm ? ?Sgrlgc%ggds% Slrléaﬁréﬁ%d ﬁ{% %Qgg?g&?ﬂ&%n ggﬂlcgﬁi&:ﬁgﬂa a
second pr ocessfpﬁ@nb?faﬁ&wmplﬁélgﬁeé@ﬁéSBEPCB'?, 4y branch conprising the
second converter; and 30a further swtch for switching between the first
processi ng branch and t he secon I si.h a ortion
of the§aud| 0 Si §%délfg’ i a uton CO(?H% bgaglg%né Qucgé asg'!ﬁ‘ rgﬁ% Q éac?idgéocgn i rst
processed si gr?égoﬂcﬂﬁn@ %‘é@eﬁcﬁe@né@é%@é"él signgnaherts tpenfipheodingcignditandoded

si gng! 359. Nﬁﬁ?@@nt@fonﬂﬁk@'s&oﬁ@&ﬁﬁigr@gc&ﬂnﬁ,gﬂé ecShdyvding LeORP CoBprivlig a 8é
encoding, in a first co ran n i-gna t. . coding
algorithmto o(}?f‘?f%convfz st 6RCO mg A ﬁﬁ{ élgxfa ﬁ%ﬁ %ﬁ% lill%u@gﬂﬁmgbr121)nc

conpri si ng t heoviiut demaityripd piseqond WHVQW&@MOWR;“W mplertm%ﬁlgﬁtam P8l a

spect @l domai gymaiencodi ng, in a second coding branch, an audio signal
using a second codi’ ng algorithmto obtain a second encoded signal, wherein
the first coding algorithmis different fromthe second codi ng alfgorithm
the second codivighibg hefwhercibembrst siding bramdrad Mecerrpe poding berchegaér®i ng an
i nput signal fg gsaigd of &ﬁtaudféojﬁp&trblgnm Qitid tBY fipw eneh@B@kRnal antdhasseabnd
converter for cony ?I’II ng. a ou'g%rt]%l a‘Ento a spectral 10domai n;

swi t chi ng bet WEEH ' HE Srlélt&m ﬁr #fband the second coding branch so
that, 1for a portion of the audio input signal, either the first encoded

signal or the SRGR t&%&fi’&ﬂoﬁﬂhea&m '91%11&1'10 @&eﬁaﬁﬁ@dﬁ{et&ﬂﬂﬁtﬁonﬁingiﬂ&ha 15

anal yzing the Z? rtlon t(ﬁ % isg d delermne, uH\hncod%'rs F portion
of the audio s “gi?aﬁlgqag‘srr%?sggg feuc s F]Illcé’ £ r%rf ehd6ded al he

second encodedinghapmadder putpbteigaplcoder out put si gnal , 20var| abI y determ ning
a respective tinme/frequency resol ution of the fi rst converter and the

second _converter, when the first encode r .1 he e 58 H dcog‘rg%%ded

si gnalOr epr eseVPHY EREBEE BPSHYS HRL ﬁ%ﬁe Cysfeé 4fior ¢ % Vate nd
generating an zeldctbdeccoodlmpmertsn, gviah tecofipst endoderl sigealfarrthe S@Qefbéwded gnal and
the 25 second gRCPASHsSHEINM: pBARn N BEAS BBAdI Y ochdiceatiing the first
encoded signal and the second encoded signal, and an information indicating
the tine/frequency resolution applied for encodi ng the first encoded signal
and for encodi ggetatiez secundernpdednel gmairising0ho fimydnerddésaadrantiche decodi ng

an eng@ded si gfakhng éﬂ@@da@%@ﬁﬁl&%n&ﬁ%m%ﬁ&%&tﬂ@ Tﬁe El’slf %ﬁcoaemgglml agd gnal, a
second encoded signal, an, indi cagtl 0 cating r.st engo ded sign aI

i n
and the secondP&nteUedeLrifapien ’nan‘gafil H%’W?teoﬁugﬂbcﬁtl?geé%q PSR Dr mat i on
to be used for resdutohiapplicdtfer dicoditg bn fiod ertodédgnaial znddor dneodiegbadecent oded
audi o signal, gopmii§l.Rg: 35 a first decoding branch for decoding the first
encoded signal using a first controllable frequency/time converter, the
first controllable frequency/tinme 82 converter being configured for bei ng
cont r abl edousi Agdit Riecddientor fdeaglirenmy encedad| sgriabrihd efcodernsizmh cooprisideea f i r st

encoded si gnal ;10 QRhal Gefall h sSdondRAOHRE seh@N@h 'indication indicating the first
encoded signal and the second encoded signal, and a time/frequency resolution
information to be used for decoding the first encoded signal and the second
encoded audio signal, comprising:
35
a first decoding branch for decoding the first encoded signal using a first
controllable frequency/time converter, the first controllable frequency/time



a second decodi ng branch for decoding the second encoded signal using a
second 5 controll able frequency/tine converter, the second controllable
frequency/time converter being configgred for being controlled using the
time/frequency resolution information for the second encoded signal;
a control |l er fRhvéRnbdiNy ddnfigurtd eorfbeing totirotigd easy it kink/ fRquyey tesiuand t he
second 10frequency/d! e tﬁé’PH‘éfé&c&ged‘é% o %E&?mta' AT/ dfe&)‘%@ﬁ?igﬁéﬁ resol uti on
i nfoimation; a domain converter org%enera I'ng a synthesSis’ signal using the
second decoded signal; and 15a conbiner for conbining the first decoded
2 i gngl and the &xmdrmbc_ﬁngﬁb@?ai_ fok ‘%g@ﬁ_h@imb gecﬁ@p@ﬁe&das@ia?uﬁﬂggmaconafl: Audi °
ecoder in accor th claim n ich the co [ i gure
For oot rol 11 Mg enuor: FetitpRulbr el iche 1o fouM ap bR, b8k gy
frequency/ t i meoporishbeng ennfigered frabeing gpnttdiled pspsthe tipediranipy tisplatictonver t er
the time/frequeResat@Iel Mt Rbnd ScsRlephad froma plurality of different
w ndow | engths, the different wi ndow | engths being at | east two of 2304,
2048, 256, 1920, 2160, 240 sanples, or 25 is selected froma plurality of
di fferent tramsfortrallbefyt teniroline e fielr Gpqueneydind epmmcrtengichsheceaeprd si ng at
| east 1§ W0 Of  t{RQuEHQMRCORRIrGE ek BE tithd5RquchOPAsclABA in@BRuiA28, 120
coefficients per transform bl ock, or 30for the second frequency/tine
converter the tine/frequency resolution is selected as one of a plurality
of different w doosinlcengrias fort geaepling alsynthesef sighaf fusingribe wicaabwedodedyt hs
bei ng at | eastgtmpa.pd 640, 1152, 2304, 512, 1024 or 2048 sanples, or 35is
selected froma plurality of different transformlengths, the different
transform |l engths conprising at | east two of the group consisting of 320,
576, 1152, 256 cddyer f@24mbpagtthafirstdmsbdadsimnlond gursynthesisfigrhiosbeek. 83
12. Audi o decogfgloddd sagi6Qfcdance with claim10 or 11, in which the second
decodi ng branch conprises a first inverse processing branch for inverse
processing a first processed signal being additionally included in the
encoded silgnal Atdio dbtodéminacédrdamite i etare 1r ooelgste thesiogiler isvoafigired t he
second contr ol {2k} & JiGRHUE TEW/ fdqiBrGRAMECEIn@Ertd: Sndl WAL ROnd ReduetfERAY | Nverse
proceaa!ng branch configured for inverse processing the second encoded
signal’in a doff@FHT &t cal to the domain of the first inverse processed
signal to obtain a second inverse processed signal; a further conbiner for

combi ni ng the fir sty BYEkSBPLRSATIEDnSERR Al @RArd N&cF 8%ORHoA AVer se

processed signal to obtain a conhi ned.signal;, B and erein.the conbined
signal is input inﬁ@eWﬁgh@ﬁﬁU&Wgﬁw(%%ﬁiﬁgﬁW6mH@2%H§g”ﬁﬁ‘ggggﬁaﬁﬂ%gvmﬁth any
one of clains 10 - ldfthsibainghi lekst tiveoffA3P4 12088, &GaidAy: /21 bhre4¢ ommpdest @r and t he
secondsfrequency/tine converter are tine domain aliasing cancellation

converters having an qver /[add unit for _canceli tije-dommjn aliasing
included in the fi rl%t%ié‘ﬁ%‘{)g‘gﬂl %iP&HgH“Ya%‘gfffﬁféms‘é%ﬂgmglﬁ%%g@gdg%ggf?éet“? 20 14.
Audi o decoder in acmosfodanbagis chmpmymortdeast val al the gb@p codsdsting nf WHi2ch t he
encoded signal conpih$ essoCsH, Mk, 6ot TR Dk edleMdf ¥i ng, whether an
encoded signal is the first encoded signal and the second encoded signal,
and 25wherein the decoder further conprises an input interface for
interpoeting the cddi thg swode frafuenayéine rortvertdlethe timerfesquenkeg trhetutivhes encoded
signal is to be fe%@ﬁw% ohd 50, gﬂa?anw bS8 kirHRECHNAGw RERRENHR 1A of he

second decodi ng branc . Audi 0 _decoder. in accordance wth e % t he
precedi ng cl ai ms, F%EVHF€HWFWEMP§#§ng%éh@%ﬂ€ﬁ3g?@ﬁhﬁi$%239$éﬁ£épg ally
encoded, and wher eidn2048esafipiestorcodi ng branch conprises an arithnetic
decoder. 16. Audi o decoder in accordance with one of the preceding clains,
in which the first coding branch conprises a dequanti zer_ hayvi a
non-uﬁﬁforn1dequanﬂFfé?ﬁ%%ﬁ@ﬁbﬁéﬂ%@?@rWﬁ@ﬁ@meFmﬁgﬁ@eePﬁ&*é“?ngﬁ?“of a
non- uni f or m quant i zaikforin dgaths edmphigng at least two of the group consisting of 320,

576, 1152, 256, 512, 1024 spectral coefficients per transform block.



generating the first encoded signal, 84 wherein the second coding branch
conpri ses a dequantizer using the different dequantization characteristic,
where the second codi ng branch does ngt conprise a dequantizer. 517. Audio
decoder in accordance with one of the preceding clainms, in which the
controllefzis &eif H@éﬂ&dnfa@cror@eeﬁ wah lclang 10he 1] mswhitk egueasy/ detagngconvert er

and the Seconﬂaé g uencyels gebﬁggr\ﬁ/eerg%o%gssmérl&)gpb% n%\fer];col’gll‘oge%glgggop%@rter a

di screte freq

di screte frequen@v%ﬁmmeﬁﬂegewd@h@m%wrnﬁekﬁwnﬁeﬁn@ﬁﬂééeeﬁbneb@nﬁ&Eﬁbnt
frequency/ ti men{@sqistelRdsigh@ ng 10hi gher for the second converter conpared
to the_nunber of possible i fferent frequency/tinme resolutions for the
first tonverter. 18. Audio decoder in accordance with any one clains 10 -
17, in which tweerdoed secomheatrvlabld equentPi@ng yonvisse is Iprardeissopecgcher at i ng

the synt hesi s 1§{fﬁ9§kaihroéb%é1ﬁ@ bﬁn&pc&ﬁfghfeﬁ%r 1608 ﬁﬁﬁ:és@iﬂg thdecbRCehdoklié®r
i nfornmati on belggélnclude

io
decodi ng an ent d‘%?ﬁﬁﬁTi&Tﬂﬁygnﬁﬁdgdmgl3#%7?goﬁg?F%Pmmﬁﬁu%ﬁ%%?yencoded
signal, a secorithienswmdedingdreprabcessed signdi cati on indicating the first encoded
si gnakgand the second encoded signal and a tine/frequency resolution

i nformation 20t§ﬁ§e use r deco gﬁ first enc ded g Wﬁ andithe
second encoded® &{df'd Cog} ”‘8‘8 ?‘Iéﬁ inverse B@&%Eﬁ 3o e V% f 75°€° decodi ng
branch, the finmﬂmammmodedssm@ﬂ@Mﬂusﬁngmbmﬁimgml@ontroIIable frequency/tine
converter, the first controIIabIe frequency/tine 25converter being
conflgured for pei.n %Ied u5| frequency resol ution

i nfoiination f¥TEH aPP Pﬂ ﬁ@@d@dn n%ﬂ?aln a first decoded signal;
decodilfig, by a second decodi ng branch, the second encoded signal using a

second congrol hahl, %eéord@;qn%e&ﬁ&dc%iﬁ%\yean%e;rf,datuh@ 15eqond, GaRhe habl e
frequency/tlne 30conyerter belqﬁggonfl bei n controll&d u5|ng t he

ti me/ frequency e ueRy (YRR ?6‘?‘?0‘?% ef{“ﬁ%“)’éﬁ% G BIFE BT ST
control | i ng t heiafihg sancfskieequenwﬂbusrimvmgmuewbearp/@ddmntrfer seTolg a tlme-

frequency/ti ”Bdoq@mmagiﬁg idflBGintderd éﬁ@écfeﬁ"s‘&ﬁﬁ%&ﬁ{e%&%h&'feﬁ&ﬁed a:prmat i on;
85 generating, by a donain converter, a synthesis signal using the second

decodél signal; and 5conbining the first decoded signal and the synthesis
si gnal tolébt ahndia detedade deattihe witlgmel ane 20 clalEncldded, mudiich iz gnaded

conpri sing: ﬁog%ﬁ k btk 1%@§9&1%% rﬁo&rﬁﬂfmmgtzo?ﬁﬁ%%ngé]%%r £l gRalied bR eI N a

portion of a |o s gnal 1s el res%gﬁ the first encoded
signal or the S&edHy ardsdegnalp @FSﬁ@ fep S@ﬁﬁr indicating the first
encoded signal and the second encoded signal; an indication of a first

time/t gequencwalgél lﬂ‘r@de%ﬁ& g.%@f:m}dﬁﬁ@es A iR Hﬁé?ficé £k 1@&51%9!1@@1@%9&:@ Irst

encoded si gnal , Oan In atlo second t| cy resolution
i nformation tomB‘ee Wgeﬁa‘f“{?rtodié@%l‘?ﬁd’v IF’I‘;}FI &@@8?&516% ﬁé%é%w??%gfﬁgf’%m mnto

the first decoding branch or into the second decoding branch.

15.  Audio decoder in accordance with one of the preceding claims, in which the first
30 encoded signal is arithmetically encoded, and wherein the first coding branch

comprises an arithmetic decoder.

16.  Audio decoder in accordance with one of the preceding claims, in which the first
coding branch comprises a dequantizer having a non-uniform dequantization
35 characteristic for canceling a result of a non-uniform quantization applied when

generating the first encoded signal,
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wherein the second coding branch comprises a dequantizer using the different
dequantization characteristic, where the second coding branch does not comprise a
dequantizer.

5 17. Audio decoder in accordance with one of the preceding claims, in which the
controller is configured for controlling the first frequency/time converter and the
second frequency/time converter by applying, for each converter, a discrete
frequency/time resolution of a number of possible different discrete frequency/time
resolutions, the number of possible different frequency/time resolutions being

10 higher for the second converter compared to the number of possible different
frequency/time resolutions for the first converter.

18.  Audio decoder in accordance with any one claims 10 - 17, in which the domain
converter 1s an LPC synthesis processor generating the synthesis signal using a PC
15 filter information, the LPC filter information being included in the encoded signal.

19.  Method of audio decoding an encoded signal, the encoded signal comprising a first
encoded signal, a second encoded signal, an indication indicating the first encoded
signal and the second encoded signal, and a time/frequency resolution information

20 to be used for decoding the first encoded signal and the second encoded audio
signal, comprising:

decoding, by a first decoding branch, the first encoded signal using a first
controllable frequency/time converter, the first controllable frequency/time

25 converter being configured for being controlled using the time/frequency resolution
information for the first encoded signal to obtam a first decoded signal;

decoding, by a second decoding branch, the second encoded signal using a second
controllable frequency/time converter, the second controliable frequency/time

30 converter being configured for being controlled using the time/frequency resolution
information for the second encoded signal;

controlling the first frequency/time converter and the second frequency/time

converter using the time/frequency resolution information;
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generating, by a domain converter, a synthesis signal using the second decoded

signal; and

combining the first decoded signal and the synthesis signal to obtain a decoded
audio signal.

Encoded audio signal comprising:

a first encoded signal;

a second encoded signal, wherein a portion of an audio signal is either represented
by the first encoded signal or the second encoded signal;

an indication indicating the first encoded signal and the second encoded signal;

an indication of a first time/frequency resolution information to be used for

decoding the first encoded signal, and

an indication of a second time/frequency resolution information to be used for
decoding the second encoded signal.

Computer program for performing, when running on a processor, a method of claim
9 or claim 19.



