WO 2011/110500PCT/EP2011/053315 APPARATUS AND METHOD FOR PROCESSING AN INPUT
AUDIO SIGNAL USING GASCADED FILTERBANKS TECHNICAL FIELP 3T REgsent invention
relates to audio source coding systems which make use of a harmonic transposition method for high
frequency reconstruction (HFR), and to digital effect processors, e.g. so-called exciters, where
generation 8F RARMIHE 4SBMTERR Eﬁ%&%‘&glﬁgﬂﬁ%%ﬁé@? MHAOHHE M me stretchers,
where the dirE¥ior{Cef& SBRR RiEkiRBeNKhile 10maintaining the spectral content of the original.
BACKGROUND OF THE INVENTION 5 In PCT WO 98/57436 the concept of transposition was
establishedgsgrmethediggsreate a high frequency band from a lower frequency band of an audio
signal. A substantial saving in bitrate can be obtained by using this concept in audio coding. In an HFR
based audig coding system, a low bandwidth signal is processed by a core waveform coder and the
higher freq&gﬁ8?8%6%)@%5‘8%?%8%§Wt?§%ﬁ8§@fﬂﬁf%ﬁ%d‘éﬂ@ﬁ%@§&éﬁﬂf&ﬁﬁ%ﬁ%f very low
20bitrate d&seFrsIHBOthBRRgdPsbisbtfrsbryeartadévudEficed Rodigiwl sfkates, where the
bandwidth pfotkesenre.godeciBidnatiisrsarhew cirbatiomehineredsiighycnpaderijauiesreate a high
band with pRsgeRissallY sRieasant GharGirisies wiHee RRImeRisiIspesitiosefinedin L CT WO
98/574_§6_p1g5(9{m\é%¥ #{g&rg%gﬁgnn&)}%h@gﬁ%?@.materiaI in a situation with low crossover frequency.

The principle of a harmonic transposition is that a sinusoid with 25 frequency co is mapped to a
sinusoid with frequency T co where T >1 is an integer defining the order of transposition. In contrast to
this, a single sideband modulation (SSB) based HFR method maps a sinusoid with frequency co to a
sinusoid wilhAfrdEROGNDHOICOT RN ERY BETION fixed frequency shift. Given a core signal with low
bandwidth, a dissonant ringing artifact can result from SSB transposition. 30 In order to reach the best

possible audisealsogiaicolieAthioharalhpmeRleHER SRS GrIplo gprplex modulated
filter banksm%gfrg ‘%hgrtt}lill@goFouEg{rerr enggorm%gsglggﬁtm%hl h Lreqlﬁ%%% tﬁSOIUUO’n and a high
degree of QVEISAMPIING 10 reach the fequired aucht quanty- T HEHH el $HiEEe8sary to avoid
unwanted iFEEHREMIEABIR Setis iR thivietner iR PrRiA RASRE JroecEER fasedendis epdirtusoids. With
sufficiently $vigsériredure heyivadih sitonl i eravesselbp alsbanes chermigietaralifyeitghands aim at having a
maximum dfquamdinusoidoihearh suhbaadpiibighaegiaanboyessamplitegdR tivas iswecessary to
avoid glias gyRe- Qb Listrtian. « t@g@ﬁﬂﬁ“&ﬂﬁ%qﬁe@ce%fmﬁm}%@ BRHEIR VR '
2011/110598{)%%{&%5%6 %].rleogo e& 2Is arilclesces.s.oa‘})‘rryit([)) agr%leds Prt—;-echoles for transient S|?nals. The
obvious drawback Is that the compul%iloné)lmgorrfp_fexl y can cee(?glﬁ%yhlfﬁ%{?f?ﬁb@éﬁ%eﬁ 58k based
harmonic trAHEPEEIIEI REKABTHALY RieRHEl o Beatr 1ol ba ppracuistmeresisan dafdiibibducts, in which
case a filtePBANKNAHCA2% Serthraeicenc eb dol gtionlentesikventddiyrea stwviersaifiping is employed,
e.g. a multichssomel @viEnbparksd prihispiaefademaotiin edolpokindcrmplesiauihansisamples is processed
by a commpeyihase MesififiauhiitissUReERRsliaR A Senatalvodifigdaampigs,foyms an output
subband sapgplGe HisNaRdNe MGG oS IRRIFE VA INPHDAHHRHEREACEIS i ch would

otherwise occur when'the input . . ,
mgtgocyv maps a smusg}lé with frequency @ to a sinusoid with frequency o + Aw where Aw is

a fixed frequency shift. Given a core signal with low bandwidth, a dissonant ringing artifact
can result from SSB transposition.
30
In order to reach the best possible andio quality, state of the art high quality harmonic HFR
methods employ complex modulated filter banks, e.g. a Short Time Fourier Transform
(STFT), with high frequency resolution and a high degree of oversampling to reach the
required audio quality. The fine resolution is necessary to avoid unwanted intermodulation
35  distortion arising from nonlinear processing of sums of sinusoids. With sufficiently high
frequency resolution, i.e. narrow subbands, the high quality methods aim at having a
maximum of one sinusoid in each subband. A high degree of oversampling in time is
necessary to avoid alias type of distortion, and a certain degree of oversampling in frequency



10subband signal consists of several sinusoids. Transposition based on block based subband
processing has much lower computational complexity than the high quali s and reaches
almost the sa%é%}ﬂla{m@:’?gr many signals. However, the complexity is si%%h}é?c%i?%%ge{rb than for the
trivial SSB based I-IFR methods, since a plurality of analysis filter banks, each processing signals of
different tra&ﬁ&ﬁ%@ﬁ?&h‘%?&@%%ﬁ%’%@%&ﬁigéw%%m| rosapsiraaterkiis rldeo synthesize the
required bagfiRpieiaroned ditiemieniy, eenbeaonarhigbproach is to adapt the sampling rate of the input signals
to fit analysis filter banks of a constant size, albeit the filter banks process signals of different

ransposilos BUder oS0 CATRIPRM I {9,ARRARIRASS. EKSA4ne J0RYL Sigal, n order to obtain

output siongla, BIgeERSE( ol diferen ansnaatin orders, with pon overlapbing powier spectral

densities. 20 Storage or_transmission of audio signars’is’

past, coderWEASEETLRLPHS EHRBHRAN FEBIEe s tPmulinhunrel QN bapkidtis wistedbaly a very low
bitrate was Evattsleoiveteler aitiod sdeplsdsenomsaldysaablentorcptsewiddifiandisigrials by using
bandwidth extepssiiv(BY¢tkrathdtis|kdde] hese algartivastehd ehpieSTRRARINeYIsrepresentation
o_f theI ?al;gjh{@qt@g@y&@g{@@{i&ﬁ%mﬂ%ghrﬁégg&ggﬁﬁlggnggﬁﬂ&%ggqggﬁr\gﬂeg%IEL L)toffthe decoded
signa ] n .HF spectral region ("patchi n catjon of a
parameter S R ) ek AR eBtir. For cxample,
the bandwiaﬁﬂc%%?fgg?épﬁlﬁ? S GEGMSRaal L PRRPRIR Tt SR de st ianerssemash (SSB), often
also termedeBiBesEEBYsBe Sonmetriiy fo meensismhgHhwavarltibtetapiosityriestill atelly, a new algorithm,
which emplogkeatarfershphass 98Bdeers IFR:- hitlifetthagensiaiion afdheysiffenentaaiches, has been
presented Eb3h ﬁ{i@@ﬁ@ 2ail Bﬁﬁ}@ﬁ&@@é}@ﬁ&ﬁgﬂ &gaelppgg&%igl@%ygi@k roughness which
i oftef obsgprieskish skanale & biRRIS B eyl BARAKIALAGHENEAD BRSNS Shes e BWE
algorithm 'stQerfé)auQﬁa? on tfil.e ecodfe%sme% .a codec chain, compu atlonarﬂnc":omBPex?fy Is a serious
issue. State-ot-the-art Metnods, Sspecrafy thi e Nseaes Slisebrris f £6oREamhEHRe prize of a
largely incrégt e S brakv preresrignalsgf BF Sy SHBsadee Heetrotanonieio
2011/11056n3P TR Blta 5 331 Hput Signelstinedeabovariexisting hanbyydifeaxiansion schemes
apply only diffpatehisgoaiteihoflar ith GbieovsignsldleskaisptmeddRillsSB based patching [1-4] or
HBE wgcoder based patching [15-17]. Additionally, modem audio coders [19-20] offer the possibility of
switching t tching method globally.on a time block basis between alternative patching schemes.
SSB copy-E?o%g?ghri%%lfﬁ]tlrsgg)&c%saﬁﬁ?/y% %% 1rsoou%eﬁr%%’ %_tt%sfﬁghﬁlf% %‘?Qmﬁﬁo computationally
simple andPBPeSefTRESHR e dnderiisalisrediceibn tenmaissadisthandsritiurdiormalcamplexity is
significantlyafichsakigteves #veilblnpdedtivrakierydsimplers 8algepplum metheisbaml MMARY OF
THE INVENZIOhby\Wihenbirciorides daasenipwxiiynsasusion s sameing satemargyafparticular
importanceyaTdusis diacie AR iast thatkianigh) SARRIAG i R pighGomRigxify and a low

sampling rgte ge e J;?ch mple ity due to the reduced number qf required gperations. On
the 200thegegie(1}rg1 %ﬁ%\é@{i ea ps&uea%or%%&(g%%%vg%{ﬁeﬁgis%ﬁp gsp%ﬁlclé’tlfg seigﬁbﬁ?ﬁ% rly so that

tcation of a parameter driven post processing. The LF part is
coded with any audio or speech coder. For example, the bandwidth extension methods
described in [1-4] rely on single sideband modulation (SSB), often also termed the “copy-up”

30 method, for generating the multiple HF patches.

Lately, a new algorithm, which employs a bank of phase vocoders [15-1 7] for the generation
of the different patches, has been presented [13] (see Fig. 20). This method has been
developed to avoid the auditory roughness which is often observed in signals subjected to

35 SSB bandwidth extension. However, since the BWE algorithm is performed on the decoder
side of a codec chain, computational complexity is a serious issue. State-of-the-art methods,
especially the phase vocoder based HBE, comes at the prize of a largely increased
computational complexity compared to SSB based methods,



the sampling rate of the core coder output signal will typically be so low that this sampling rate is too
low for a Ml bg&g 91]54 nal Stated differently, when the sampling ratepgfr&q 89?‘?{ output signal
is, for example, or times the maximum frequency of the core coder ou tS|gna then a
bandwidth extension by for example a factor of 2 means that an 25upsampling operation is required so
that the sampling rate of the bandwidth extended signal is so high that the sampling can "cover" the
additionally generated high frequency components. Additionally, filterbanks such as analysis
filterbanks and synthesis filterbanks are responsible for a considerable amount of processing

operations. A$engeeth@sizecafsihe ﬁi&%ﬁbﬁféﬂ%%tén%mﬁ‘%%@é} ﬁ%@%‘ét %8 3235!‘%?”9' filterbanic,
nf;{r will
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filterbank ¢ an ?geﬁ?é"e@gs‘fﬁ ffdé?a%ﬁg%rﬁbe mevdibiteohsyiiehias thplexity than a small
number of ﬁ&@%@@h%ﬁé@libhoméwlm bhick indubdwicthiextetisigriabiplicabiens.and also in other
35audio processing applications, where different sampling rates are an issue, such as in vocoder- like

applicationss® ap-aih gﬁtaﬂdglrﬁfﬁﬁ%éﬁﬁmugﬁﬁéﬁé %3 BREGHE fIedgpendency between

complﬁlty%mmsg eoz[nﬁL%?éQeR%n%W' th which ﬁ%gftshp?ét ?}qgeé?{/lons for upsampling or

subband fllterlng ca}qéﬁcjrastl Il com fgflﬁ})

2011/1105604B¢F, f@ﬁ’:} gﬁé’%ﬁ’fﬁ?@ﬁ@n‘ﬁ“ﬁ?@%ﬂﬁ RF-ARYPRH g8 o 5 5EPlRIRSB the wrong
tools or alg‘éﬂﬂhﬁi’s‘%"éhosen for the specific operations. It is an object of the present invention to
provide an improved concept of audio processing, 5 which allows a low complexity processing on the
one hand and a good audio quality on the other hand. This object is achieved by an apparatus for
processingsaAMVPARIUIICHENPLEeERSfANce with claim 1 or 18, a method for processing an input
audio signal in accordance with claim 20 10 or 21, or a computer program in accordance with claim 22.
Embodiments of the present invention rely on a specific cascaded placement of analysis and/or

synthesis fi hRE B iPissia rrausine stmplid ates semap batiovisnduperarisciigs audio quality. In
an embodifitérie, tan g tatabishorprtessingemingugnudiplsignahdamrisesshagsynthesis filterbank
for synthegzmgaﬁ}nmeaﬂﬁamebmﬂdiatﬁcﬁigtmah&mb@@ﬂ&ﬂ@&ﬂﬂh@xﬁiﬁ&'%e&‘&ﬁ@ﬁ? egput audio signal
s repraseriadhua Y, %Jh@&%@ﬂl%&t&ﬁ&!%ﬁ&ﬁ%ﬂﬁ&@é(a%%a lisis lieroank placed in

processmgﬂggrﬁglﬁﬁ S{Qr nthesis filterban erein'a num ncc%annels of the
synthesis fllterbank IS’ S %% aﬁ‘g}%ar% (r% aﬁrﬁl‘rﬁe 0 é’%??a i tit%‘f‘i)%ﬁ‘?ﬂ’ e intermediate

0
signal is fulierSre W3 B dhang Byt fereb ard Jibier o the semlingimg afharality of second
subband sf&?ﬁ@‘f?@?ﬁ“ﬁ%dﬁ&ﬂﬁl@iﬁ@@tﬁa&@@gﬁw@mwﬁ@mmmeempa@m;cfolrterbank has a
number of elieneeisibeing! difterehiddoimthamnivhes dh:channels akibesynihgsisfiltgrbank so that a
sampling ragssafpgubandsignahetine piraliv.ah %&%ﬁi%%mﬂf%@%% Sampllng rate
o st s g hAgREeA G AL 8 s, HRGRIY S0AIE ASDE et By 25 St ferbank

Additionally, filterbanks such as analysis filterbanks and synthesis filterbanks are responsible
for a considerable amount of processing operations. Hence, the size of the filterbanks, i.e.

30 whether the filterbank is a 32 channel filterbank, a 64 channel filterbank or even a filterbank
with a higher number of channels will significantly influence the complexity of the audio
processing algorithm, Generally, one can say that a high number of filterbank chaﬁneis
requires more processing operations and, therefore, higher complexity than a small number of
filterbank channels. In view of this, in bandwidth extension applications and also in other

35 audio processing applications, where different sampling rates are an issue, such as in vocoder-
like applications or any other audio effect applications, there is a specific interdependency
between complexity and sampling rate or audio bandwidth, which means that operations for
upsampling or subband filtering can drastically enhance the complexity without specifically



The cascade of a synthesis filterbank and a subsequently connected further analysis filterbank
provides a sa%BIizr;l 1,!rlal'%(;i(%onversion and additionajly a modulation of th(i:;(p ”%'%Qs {)_rtion of the
original audio mpuf signal which has been input into the synthesis filterbank to & base 30band. This
time intermediate signal, that has now been extracted from the original input audio signal which can,
- for example2BecsEs thp ardisginalist ia e eredreasieher hasarwidels exadgmitms erresheseis now
representedpitéferolfiapearaiitisally sampled signal modulated to the base band, and it has been
found that this representation, i.e. the resampled output signal, when being processed by a further

procesy L‘S%ﬁ%??ﬁ%ﬁ%ﬁ%ﬁ%ﬁﬁ%%ﬁ%Sf?ge e e
da OWS & low comy exw T cess%ga(gl ehoﬁﬁ 1

S % R can, for exampie, be B&ndwidth
extension related processing Operations s %%ﬂw%ﬂ@r’ﬁﬁﬂﬁ’ﬂ&lbﬁ%d by high
frequency rBc6h®ction processing and by a merging of the subbands in the final synthesis filterbank.
WO 2011/1105005PCT/EP2011/053315 The present application provides different aspects of
apparatuseShinetiotis amtosdiie FEFRNHIRSRAsSNhAHAIRRIgRAL e saniext of bandwidth

extension andiuils paniexd alkalieh iR anpliaipts. IS A NALISIAIEd [n,bandyddin extension.
The 5 [gatu5§§1% ;fflief (%llﬁlbu erag e | indivi uaFaspects can be partly or fully
SO

l}en}g}élcllﬁagcgibgd and. élame
combined, but can a e used separacte(ﬁ/ ffSm each othier, since the individual aspects already
provide advantages with respect to perceptual quality, computational complexity and
processor/i YReBE e srasReitraplomesiited iseedfmpatedsysteementmicraipsiscessor. 10
Embodiments/proyidesasfibtiedioietieedbbaomputatiopakaoRpiapinohambhand figck based
harmonic HRdageined Rwmearsekeffisiepdiltedng %@é&ﬂ%&!@ﬂgﬁxﬁtﬁﬁm@{%&?@m [ input signals
to the HFR flieriensanalyaia,slagssEultier, e handopse fitcrsapplied fo the inbui Signals can be
shown to be obsolete i a,sub%a 1d block based transposer. 1%@??‘@ B- At ments help to
reduce the Ségln%%ﬁv%ﬁg BB RIS RSB R BIR paLua naeh TR sTphrnshagialn by efficiently
implementiBELSBtRSyBY apderty st SlisHankmiteekib anudsting diowitiohafoihtidrmmibewierk of a single
analysis an@ltytrthie sibditie panfpaif ibepatdingonsthiipasepiuahGuain: veisHBeamputational
complexity drpdsbeitrenlyaisuitaklenskrsaligbrrrers.reiridersghiianapesiion.can be performed
jointly jyithip g 2QEeEoaRkRAL fryEthar A:.52mbined fransposition scheme rggare only certain
transpositi%o%rgl%rgu ) ehg:tglc%lgelt?d dirglc%w e%ﬁ tée emainin bandwidth 1 ecﬁ?ﬂ}sreplication of
available, i.e. prewou_s?y calcu é%eecff%?aﬁspggffﬁb ke @?&TSF&I Wg%h?fléﬁlﬂ%b?,’d%% coded
bandwidth SRS b5 ptesmdrearibs owabreef srrnneing divcnyptsiesitebralcemtisination of available
source ran&EBriareretiehtiovbDEmd\dgitbeizhy pbmbigoifeehtarpr syicés & digthed todmprove both high
quality harisaoniting FR ofetiedsuabaedl asisskandrilackrinsedobarmeniad lRmeihgds by means of
spectrad aligRmem&f iER4a0ls. In particular, increased performance is achieved by aligning the
spectral borders of the HFR generated signals to the spectral borders of the envelope 30adjustment
frequency table. Further, the spectral borders of the limiter tool are by the same principle aligned to the

spectral botd& & 5PIRE A RYEAB e R Al Aafe s psamicar rBReht e analysidiliestensr improving the
perceptual RJOKE aftepisiems seryasitierd additonslotmoiinptonyiitabendhcitnptexity by, for
example, apjlicatighdkadiaiohinggdaisehiehethatapplicsa Mixespatehing-aans sting.of harmonic
patching aBeheopytiraishing:ike: spacifinamRediments.the.individual fiterbanks of the cascaded
fiterbank siGi 1S AL A BB T RFRARLS. QMY EdHaIg 2100, 3 R pass prototype flier

extension scheme, is now represented preferably as a critically sampled signal modulated fo

the base band, and it has been found that this representation, i.e. the resampled output signal,

when being processed by a further analysis filterbank to obtain a subband representation

35 allows a low complexity processing of further processing operations which may or may not
occur and which can, for example, be bandwidth extension related processing operations such
as non-linear subband operations followed by high frequency reconstruction processing and

by a merging of the subbands in the final synthesis filterbank.




WO 2011/1105006PCT/EP2011/053315 modulated using a set of modulation frequencies defining the
center freque es Interbank channels. Preferably, all window fu rototype filters
depend on ea%s;g5 ot qgrrl?r? éuch a way that the filters of the filterbanks WI ég)ﬁg?g%?] s?zg(eﬁs (filterbanlc
channels) depend on each other as well. Preferably, the largest interbank in a cascaded structure of
5filterbanks comprising, in embodiments, a first analysis interbank, a subsequently connected
interbank, alhgrivseriraiisasipnerpddts diffdrentsepacd afeppiateses, obedsmgantfintr synthesis filter
bank, has spwinslownffupciiesiap piolotypallilemhespensefaringaeattaiionyaads kel window function or
prototype fiH&[t@ﬁ%ﬁ@%?%de@pﬁﬁ@é’cﬂ%S@v@lﬁ%“ﬂf@%@%ﬂ% alsuhssamelRebyefsion of this window

function, w eans.t u ctl for rfllt rbanks ar sub mpledverS|ons
r; fi‘éﬁm Qi%tsé%?e OQ%%(%%% %C% %ldi ﬁsﬁﬁ 6526 eTarﬁgE interbank, then

of the "large” win unct|

the window" ﬁiﬂmi@ﬂg%vﬁ Sth HWBW%B@W@?&% "gﬁﬂ ﬂ?@ecfa‘éﬁ}é}%ﬂ%t%maller sized
filterbanlcs %%Wwdg%agmﬂh@snﬁctﬁmmm@mm@mmm@ speplesithard.g. every
second filteprocetiictentistakenrtos tesimallenditat hankonaviagshatiilhe size p@egyar, when there are
15 other relations between the filterbank sizes which are non-integer valued, then a certain kind of

mterpqtauom&a%m%%ag GRS SRS %m&naggmt}? cg)g% exfgﬁths BN gl (e smaller

terban iments of the

interbank I§ again a su r%%%lg}e rsion o %/ ﬂﬁ\f\ﬁ
present |nvent|on ey R I.HIFﬁIg'I éer’én% aowliBRial sTHESIapaf audio signal is
required fol i/ FRE SirRla s hy! B&'l%b%%ﬁsﬁm}mcﬁﬁsbﬁﬂn@%ﬁhwb@whb@rmonlc
bandwidth txtenision signtiisaortehtywidebd etiikécprocessingdplechbans! asmspasticularly preferred. It
is an advantage of embodiments that the embodiments provide a lower complexity for a 25 QMF

ranspeser bregiliart-ipa AN IRpHENGKcoMARARRIANANSANT.AR BRIRYEH ANl qualty for QMF
and DFT b ERYel géa:% on|(t;r&m[)segst1rg0 ng gi%lll ation usm%ngpectrgll aé%rnm nt. Em ments relate to
audio source Coding Systems employing She: 5”‘?813 SR BB H N B P position method
for high fre§B%A m@%ﬁ%d’émﬁ?%ﬁ%&ﬁ%|¥§1‘1§ﬁéé{1@%\%§é’s§5¢§b@bP§t§ called exciters,

where genéienisdiog prithapniccdistbatisitaddsibrightnesona tepraie ssdd-sffjoaly and to time
stretchers, suheiile she-gusdbateebafigratis extansadinhile rRanteiningthespesital content of the

originab Erpbedisnenis. m%ﬂ%@%%%ﬁ%&%%@&%&%ﬂ&ﬂé%@k%%@%w of a subband block
based harr@rggé I-ﬂ:g;l %}E "953, gélch‘?%Sd §C|%nt fllt%rm and sa% m% gtrat%ﬁ verS|on of the input
sta

signals prlo he HE kana yS| er e iment ¥hat the

conventiona ﬁ?ﬁﬁ’ﬁa@‘fﬁf@ CabpIREE i the sty m%l%gfﬂ%‘fe@ﬁgazsﬁﬁﬁghw%k based HFR
system. Ad&ﬁ.ﬁfﬁaﬁyd%}ﬁ%hw 118 s videnatehih oehies isapicleubethshigtrocaiighkblemonic HFR
methods aswdirassubaathbitogibasegddmmepicdibR methods by means of spectral alignment of
HFR 7ZsWO 2011/110500PCT/EP2011/053315

Additionally, embodiments provide a method to improve both high quality harmonic HFR

methods as well as subband block based harmonic HFR methods by means of spectral

alignment of HER tools. In particular, increased performance is achieved by aligning the

spectral borders of the HFR generated signals to the spectral borders of the envelope

30 adjustment frequency table. Further, the spectral borders of the limiter tool are by the same
principle aligned to the spectral borders of the HFR generated signals.

Further embodiments are configured for improving the perceptual quality of transients and at
the same time reducing computational complexity by, for example, application of a patching
35  scheme that applies a mixed patching consisting of harmonic patching and copy-up patching.

In specific embodiments, the individual filterbanks of the cascaded filterbank structure are
quadrature mirror filterbanks (QMF), which all rely on a lowpass prototype filter or window



tools. In particular, embodiments teach how increased performance is achieved by aligning the

[ djustment
spectral bord h R generated signals to thelspectral borders 0@%@9&?}9@% :
frequency tab@ggﬁﬁﬁ%e spectral borders of the limiter tool are by the same principle aligned to the

ectral borders of the HER generated signals. 5 BRIEF DESCRIPTION OF THE DRAWINGS  The
;Eesent invé%?%%ﬁl“ﬁ%%@%@W%‘?fﬁ%@%ﬂﬂﬂ@ﬁ%ﬁé@%&m@%mim@@t_he 10 scope or
spirit of the fHirsbrbreharit!sePerratdytalitvrsiovofmpsioying piraving Silictsdepeing bigsatillustrates the
operation obthélockubinsed aashoSEE SNGLRRTPARINRIISRISREZe iR MAinAlER enhanced
decoder amguak; 185102 NS HA0SRING HE DA ASALSURANG SIEEHNG units i Fig.

; Fig. 3illu i t implementation of the block pased transposer .(1, where the
rléslzgnpglgers%{r%gt%%%ﬁ%%%%gﬁ%%%%g%mg é éfgﬁ“ rﬁﬁ/f’i@efﬁ?@#’baa §‘c’3}’8“i'i1ﬁ’|cﬂ‘§m%i’ﬁ@d using
multi-rate tirrlléela’&%a ghe Al 4 r@f&‘?@éﬁ&%%ﬁ%ﬁ%@%ﬂf@?ﬁsﬂg?ﬁn@iﬁmﬂ@la_n example of
building bloEkerfernknbesrcrandam Slestiontatioriaie fititicespentintedagaintbsanpiardsf Fig. 3; 25 Fig.
Sillustrates Wiedeficnoivanexanpie Signabeinessathdythiediferani-hiaoks:ef Aigus for a
transpositiomeler-akuFisoflmiiaien A alliciant implsmaniaion al/as Hgsk hased transposer of

0L bR R g bl Secedo e sl i sovri o
replacc_ad pyﬁ?mggﬁﬁtiigsg%?%ei synt esis iiter banks oOp ratlrlll(},] . t m a
analysis filter BaAk: Fig FisstY the @ﬁﬁ&%ﬁ%é&%%@ﬁﬁﬁ&%&%@ﬁ? Besubsampled
synthesis fiBRBsHK etetigicntsornd thanepisite o thersohler3ted Gileiastsatesi¢hiecidilementing blocks
of an efficiefibreasitpliage tirhi domiin, dewnsempleiohadaciarad. every second filter

coetficient is taken for the smaller filterbank having half the size. However, when there are

15 other relations between the filterbank sizes which are non-integer valued, then a certain kind
of interpolation of the window coefficients is performed so that in the end the window of the
smalier filterbank is again a sub-sampled version of the window of the larger filterbank.

Embodiments of the present invention are particularly useful in situations where only a

20 portion of the input audio signal is required for further processing, and this situation
particularly occurs in the context of harmonic bandwidth extension. In this context, vocoder-
like processing operations are particularly preferred. '

It is an advantage of embodiments that the embodiments provide a lower complexity for a
25 QMF transposer by efficient time and frequency domain operations and an improved audio
quality for QMF and DFT based harmonic spectral band replication using spectral alignment.

Embodiments relate to audio source coding systems employing an e. g. subband block based
harmonic transposition method for high frequency reconstruction (HFR), and fo digital effect

30 processors, e.g. so-called exciters, where generation of harmonic distortion adds brightness to '
the processed signal, and to time stretchers, where the duration of a s gnal is extended while
maintaining the spectral content of the original. Embodiments provide a method to reduce the
computational complexity of a subband block based harmonic HFR method by means of
efficient filtering and samypling rate conversion of the input signals prior to the HFR filter

35  bank analysis stages. Further, embodiments show that the conventional bandpass filters
applied to the input signals are obsolete in a subband block based HFR system. Additionally,
embodiments provide a method to improve both high quality harmonic HFR methods as well
as subband block based harmonic HFR methods by means of spectral alignment of HFR



WO 2011/1105008PCT/EP2011/053315 Fig. 9illustrates the implementinglblocks of a]}nhefficien'; |
I-rate time domain downsampler of a factor 3/2; Fig. 10illustrates the alignment of the spectra _
LnoL:rlt';lerrz of the%qfhwg‘f?oser signals 5to the borders of the envelope J’éﬁ'y ‘gﬁ/f]ﬁé%fu'ency bands in
a HFR enhanced coder; Fig. 1lillustrates a scenario where artifacts emerge due to gnallgned _spectral
borders of tH8HERPHERYALSBIerimens eePhy ™R tPARes frmeepmiedhinesd ihelixtifects of Fig. 11
are avoidedssgeraslionteaiofitbe R etrarBeddansbfuthibekipdRubinapaser sigaalsiopig. 13illustrates the
adaption of sestiakifoglersinate foiter, okjecthe spectat kRherdersof e iERignsposer signals;
Fig. 14illust qg@%g@g@@i@;@g@gaﬂggj‘g}pm% %&g%g%g#aapssposmon; Fig. 15illustrates an
a

example scenario for the application of subband bloc an_s'position using several_ orders of
transposition in a HFR enhanced audio codec; Fig. 16illustrates a prior art exam_ple scenario for the
operation of a multiple order subband block based transposition applying a separate

analysis filtSRIEHOFSCRIR TRS0RT dMEBRAWENGSillustrates an inventive example scenario for the
efficient operation of a multiple order subband block based transposition applying a single 64 band

QMF analysisefHieshantendn will now be described by way of illustrative examples, not limiting the
16 scope or spirit of the invention, with reference to the accompanying drawings, in which:

Fig. 1 illustrates the operation of a block based transposer using transposition orders
of 2, 3, and 4 in a HFR enhanced decoder framework;

15 "Fig2 " ilustrates the operation of the nonlinear subband stretchmg umtsm Flg 1, .

Fig. 3 illustrates an efficient implementation of the block based transposer of Fig. 1,
where the resamplers and bandpass filters preceding the HFR analysis filter
banks are implemented using muiti-rate time domain resamplers and QMF

20 based bandpass filters;

Fig. 4 illustrates an example of building blocks for an efficient implementation of a
multi-rate time domain resampler of Fig, 3;

25 Fig. 5 illustrates the effect on an example signal processed by the different blocks of
Fig. 4 for a transposition order of 2;

Fig. 6 illustrates an efficient implementation of the block based transposer of Fig, 1,
where the resamplers and bandpass filters preceding the HFR analysis filter
30 banks are replaced by small subsampled synthesis filter banks operating on
selected subbands from a 32-band analysis filter bank:

Fig. 7 illustrates the effect on an example signal processed by a subsampled synthesis
fiiter bank of Fig. 6 for a transposition order of 2;
35
Fig. 8 illustrates the implementing blocks of an efficient multi-rate time domain
downsarmpler of a factor 2;



Fig. 18illustrates another example for forming a subband signal-wise processing; Fig. 19illustrates a

single sideba g £ n (SSB) patching; 35 Fig. 20illustrates a harn}gql idth extension
(HBE) patchlr?ger% %(81/1105009PCT/EP2011/053315 Fig. 21lillustrates a m&%{g patching, where

the first pat hll’]& is generated by frequency spreading and the second patch is generated by an SSB
copy-up of g Fow-frequetiES TGN B8R gnsme Slpsks Sam sffisiprirvalirmiedipadamaln utilizing the first
HBE patch for an SSB ¢op{pappiperatitastas Fénerate a second patch; Fig. 23illustrates a preferred
cascaded structure of analysis and synthesis filterbanks; 10Fig. 24aillustrates a preferred

implementatign of the sm@h@&@&h@ﬁlﬁgﬁﬁ@ﬁbm{x@i 1ga25brtiit AHRIIER ALE: %s@P%

implementation of the fllr ﬁg‘;’lterb ko F%“?%d% Z%allérstra ews of certain
analysis and synthesis f 67ﬁ¥ 5 4988 %:fn artict f)‘liementatron of
an analysis filterbank wﬁ?gFftan be used for the analysis filterbank of Fig. 23 and an implementation of
a synthesis filterbank which can be used for the final synthesis filterbank of 20Fig. 23; Fig.
25billustrat€igaht implenibmtastenzasadiovdhartoffthe analysimdittethanaf Higrabairdgkig.

25cillustrates a preferrest inigmeRtafieRrafdhgsynthesis filterbank of Fig. 25m Fig. 26illustrates an
overvigyv of the framework in the context of bandwidth extension

Fig, 12 illustrates a scenario where the artifacts of Fig, 11 are avoided as a result of
aligned spectral borders of the HFR transposer signals;

Fig. 13 Hlustrates the adapnon of spectral borders in the limiter tool to the spectral
s o borders of the HFR transposer signals;
Fig. 14 illustrates the principle of subband block based harmonic transposition;
Fig. 15 illustrates an example scenario for the application of subband block based
20 transposition using several orders of transposition in a HFR enhanced audio
codec;
Fig. 16 illustrates a prior art example scenario for the operation of a multiple order
subband block based transposmon applying a separate analysis filter bank per
25 transposition order;
Fig. 17 illustrates an inventive example scenario for the efficient operation of a
multiple order subband block based transposition applying a single 64 band
QMEF analysis filter bank;
30
Fig. 18 illustrates another example for forming a subband signal-wise processing;
Fig. 19 illustrates a single sideband modulation (SSB) patching;

35 Fig.20  illustrates a harmonic bandwidth extension (HBE) patching;



processing; and 30Fig. 27illustrates a preferred implementation of a processing of subband signals
output by the further analysis filterbank of Fig. 23.DESCRIPTION OF P, BODIMENTS
35 The below‘-weggﬁ Iéa(%) é{mbodiments are merely illustrative and may p%%@ﬁg\%gﬁ\:ﬂomplexity of a
QMF transposer, by efficient time and frequency domain operations, and improved audio quality of both
QMF and gzﬁﬁ' bhsed hAMHEHRS SBRWP Whrg e dst peichingde ssnsarioghbir firgumiestions and
variations of the arrangéprréfiazamd fircsehensiprbde dbrsttv by 20 BBA $050Q1 0RAFEP2011/053315
herein will be apparent fegthesspekilte in the art. It is the intent, therefore, to be limited only by the
scope of the impending patent claims and not by the specific details presented by way of description
and explangti f the ' erein, 5Fig. 23 illustrates a pref implementation of the
appara?us f%fré%ar%?:essi%gsﬂg%gﬁrg%e |0F%€%gﬁ?%(§?}?anﬁwg{?ﬁl%nﬁ%§£rg%§§%a? %3%%%% time domain
input signal on line 2300°GUSERR BY CRSFERAMHE Pl & e §¥dB oder 2301. The input audio signal is
input into a first analysis filterbank 2302 which is, for example, an analysis filterbank having M
channels. Fégtictilarly, thiesanalysisditech anicai30 2 tereforfaniigymdhhardsignals 2303, which
have a 10sampling rate fs = f5/M. This means that the analysis filterbank is a critically sampled
analysjg filterbank. Thi “Ri’y | %ﬁ 2302, pro 'des,ﬁ r each plock of M input
sampféi ongfﬁz%%oo glf?ﬁgﬁ;&!%g?%%?f%% e c%jf?seé gg%%?c %%nr%\aé h ;%Fglr% %r%ng(é)r%?%is filterbank
2302 is a complex modulated filterbank which means that each subband sample has a magnitude and
a phase or equivalently a real part and an imaginary part. Hence, 5the input audio signal on line 2300
is representéd Hpa pluiBlisrasésa srfatbbing igeatisi @803 wifictharmgesieftetny sheignalysis
filterbank 2302. A subses;of all first subband signals is input into a synthesis filterbank 2304. The
synthegis filterbank 2304 has Ms channels, where Ms is smaller-than M. Hence, not all the subband

20signals geperated by.filterbank 2302 are input intg synthesis filterhank 2304, but only a subset, i.e. a
certain sm%ﬁ 'rejfgfﬁount%?%%ﬁnog g é%“i%%f@%%ﬂ‘ﬁ?%‘iéﬁf%hﬁﬁ @fB?ﬂ%‘o%fiFﬁQﬁ‘EGﬁ/e subset 2305
covers a certain intermé&diafe bR deiars st dnplgre datier e tamearkeis dlierbarBandwidth
starting with interbank cHaginenbotspittddrank 8 0RetrtikatRigndbbdtbairigyseahanmehnumber
smaller than M, or alteroativeifidtie fiibsetaa0bhean Rhalsde e aosouRef sibband.signals aligned
with the highest channgiM>and extended to a

Fig. 25b illustrates an implementation as a flowchart of the aaélysis filterbank of Fig.
25a;

25  Fig. 25¢ - illustrates a preferred implementation of the synthesis filterbank of Fig. 25a;

Fig. 26 illustrates an overview of the framework in the context of bandwidth extension
processing; and

30 Fig. 27 illustrates a preferred implementation of a processing of subband signals
output by the further analysis filterbank of Fig. 23.

DESCRIPTION OF PREFERRED EMBODIMENTS

35  The below-described embodiments are merely illustrative and may provide a lower
complexity of a QMF transposer by efficient time and frequency domain operations, and
improved audio quality of both QMF and DFT based harmonic SBR by spectral alignment. It
is understood that modifications and variations of the arrangements and the details described



lower channel having a channel number higher than channel number 1. Alternatively, the channel
indexing can be started with zero depending on thes actually used notati however, for
bandwidth ext‘g%szfgr]lfoperatlons a certain intermediate bandwidth represgggﬁ {&S{jﬂ%%e%%roup of
subband si als |nd|cated at 2305 is input into the synthesis 30filterbank 2304. The other channels not
belonging t Lbs aepsEentto QBems Skilind éntihe agrithietie infrstbiiate280 40 Thisrsipdtbilsis filterbank
2304 generhféé%ﬁ%éfﬁ#éeﬁmeléumpamgmmwaﬁdwhlbhthas;:acﬁﬁmmuﬁg FRiRRaUR afs Ms/M. Since
Ms is smallef dhsmipitontivel sapipling:r atelefthiedaistanpegdiate signal 2306 will be smaller than the

sampling rate of the input audio signal on line 2300 Therefore, the intermediate signal 2306

represeqts ?1 %”ﬁ%@ﬂé@g d Iate I corres ing to the bandwidth signal
represented ubbands 2§r@ ge lgvﬁ{nlg iR BB 2 B FETESE Fheitce the lowest

e sl na
channel of § up‘f 05 e 98 S5t19 g o %@W@E&@S@gﬁﬂl%b@%@@ﬁamm of the Ms
synthesis fiEBRAPKNtcHe Highdseetranpl. Gl lopki 2806 Heimpistinte the higlsestaipgst of block 2304,
apart from Mmm%dMQWWJ%MMQﬁMMWMWMQNO avoid
aliasing proftemaaisthreRaktlersooiithe ubsal @%s&@&@@%ﬂ@%@%oﬁﬁg@ng an input audio

signal fbll‘th cQ gpusiema\ r5a is filterb 7.for analyzing the inteimediate signal
2306, and t %e ffﬂﬁbﬁ Annels wWher fR® lg%l from Ms and

preferably is gl%ater{?%ﬁ{/l SRR t ?ﬁﬂfé"rstﬁléﬁqwkt%@; favidsi mraciakiosk tfe subband
signals outa’af"é&‘/‘ttf‘?é“ﬂ}‘r'fﬁ’é‘rl%;’?ﬁM@ﬁ%@Bé&ﬂ@@ﬁ@ﬁ@h@%@h@é@d@b&B&&mﬁlmehlzower than the
sampling réelofia Bisbmid ¥igriak 2608lckiondiardienAvisibwentbanManthande sampling rate
of a 10subbanpllslg@alni’a&98udl¢lhb@dwgberom&mmpy%]r egjdaaf? g( the plurality of

first b I filter ferably 2302
providbs vy S s Qﬁr’?‘é%?%%%ﬁ?f R St dhaeraly  very

efficient resampllnggproceSS| arrRe %‘1? %econd subband signals 2308 are preferably
further processed in a processor 2309 which performs the processing with the data resampled by the
cascade offifehtrankeldBousubbon tadlpieharaiia8NhAtiditionaly 2105, prefgmadsthat block 2309
alsg %;rformm;mqmmm%smﬁmwr@mdw@mleww@za{&c%%m}e%%%&%a;s sg that in thbe
end the su AuiRed k@ﬁ!&ﬁ@% s the subbands output by
block 2302%5 dn, B Qrexten ?%%Eociﬁg%r%fﬂ%éi%%%nm%]ese sdjbgglﬂgs are input together
with additional %ubbanﬁls[,gﬁ catedamt B% a?e p%% f%ﬂ% IBvPpEdSubbands as, for
example, geneoraf%e HROSRAp SRR B Redintsyransedtribet sipmeaaisdly, rich finally
provides a PRSEEEtrtif o hmidndihstofeersniitie artkahdiclth ebterfteshaigrnabhaving a sampling
rate 25. 28ihislsamhavjratechatpt iy baeshiark e&ms}mtmsaa%wg@@&&@z%@%he sampling
rate ofthe ng@ga@%@g@tg@%m@l@gm@% 36 lock o3 Rk s e Ianr%% é% ough so that the

additional W‘M%e@ﬁgﬁﬁ tgghc?Xn C n block an be represented in the processed
time domaip asnllgqa 10 ]an epe |ngg on21 %ﬂcgé‘ft%ﬁ 6%51’81: the present
invention o C A é{ ]Uﬁ &F aﬁl% zero dependmg ofi the actually used notat:[on

Pre erabiy, however, for bandmdth extension operations a certain intermediate bandwidth

represented by the group of subband signals indicated at 2305 is input into the synthesis
30 filterbank 2304,

The other channels not belonging to the group 2305 are not input into the synthesis filterbank
2304. The synthesis filterbank 2304 generates an intermediate audio signal 2306, which has a
sampling rate equal to fs - Mg/M. Since Mg is smaller than M, the sampling rate of the

35  intermediate signal 2306 will be smaller than the sampling rate of the input audio signal on
line 2300. Therefore, the intermediate signal 2306 represents a downsampled and
demodulated signal corresponding to the bandwidth signal represented by subbands 2303,
where the signal is demodulated to the base band, since the lowest channel of group 2305 is



filterbank 2302 can be in a separate device and an apparatus for processing an input audio signal may
only comprise the synthesis filterbank 2304 and the further analysis filte 30 ted differently,
the analysis ir?’%’é)r%%%ﬁlﬁi‘ﬁz can be distributed separately from a "post"-%%g(;:}ésﬁs)(l)}r/%ﬁﬁ%rising blocks
2304, 2307 and, depending on the implementation, 35blocks 2309 and 2311, too. In other
embodimertf@UHBlaphsastibal drahés syatsris ilehudihth Ble Mgmihdioast afiblddkR3%aics can be
different in ihpittantethainghest beraoripiisie 33w gnaljisis fittechankpa@GR:aneraiéak for the
2011/1105064:25 6 THe RgA%L 3033 15 dhesmalins syvhesisdiliasornlc 234 haigiermediate

signal is provige ' r. distri ifferent distriburggr orwia a different
distribugion(%c\gh%?\(z%? %ﬁggﬁ{ﬁg Bﬁ?n%%%%gﬁ%%ﬁgeﬁ%% 9@%@%&&%@8& and: tﬁé%é%aller synthesis

filterbank Zﬁ%ajyrsésprlgglé}n S AVer re?ﬁ%‘%ﬁ?%m%@%?%@&%eaﬂ%ﬁkéﬁ et tiaiYlemodulating
the 5 band iRk el %p?@%‘gﬁ{éd"ﬁ?‘ﬁﬁ\éﬁs‘ﬁHé%?f%é@%%@waﬁéfﬁawd.iﬂ' ierigothersdmpling and

demodulatidrhes Me b awatirtheh Ms theethpermpimediwithibatebhadd sipinlaudipuobiatily, and particularly
without anyfistsrimnalysiofnécrmatioorand tueratarg BesRighaualty tﬁéﬁ%@ﬂﬂ%&ﬂ@@aﬂ@@e in Fig. 23
Iustrates cesip:RxemRlanonuBRerddlAMITEIRILdadats daRTe Gl e gralysis fiterbank
2302 has 3%&9&@@@5 tlz‘%g n%e%%%greﬁpagksha ,12rchar}r111e#ﬁ,)t %furt er dna ¥3|s filterbank has 2
times the channels ﬁpﬁl\e_syn e HitsTBARK: ETHRAE 94 LHATHIRINd SHaH vl Witithesis filterbank
2311 has 63 chiHendsigalatslatated, the number of channels in the analysis filterbank 2302 is big,
the number of channels in the synthesis filterbanic 2304 is small, the number of channels in the further
analysis filt€hesufitrd BRIOFcislnné ditsrbaits 1hei nuater ohdhasesisynibe) systesiafiterbank 2311 is
rr e SR AR s Mg 2202 S

e infermegiate signal-has a samplin fs. Ms/M. The s nd-channi ‘the-further analysis
filterba%ﬁk |fﬁ%?gg%ﬂg%%gr%‘%ggﬁér%%ﬁ%%ﬁgRﬁ%?ﬁé%?f% : %ﬁlé%%%s?f tfiEsis filterbank 2311
provides arf rguet%% ST RERARGCE LRSS Pate Bt whish R PIGeERs Nt isEk 2309 doubles
the samplirfgsratRIcti B ersontieer filisrbrolecZiiAP it blowkabaikip 830AdtAthtiteathe isampling rate,
then the sapmftimeirthte Woth 0t by dbe myfitinasis figkarhan vil-Reosrespondneidemsr. Subsequently,
further prefpisedembpsimantsralatadioiamr espatdovention Misdissssed: apkig14 ilustrates the

principle of I it o j theao “;I |nglélsfedtoan analysis
filterbglﬁr?k 140 %%&%%ﬁ%z%gg%@ﬁ%%gﬁ%%%ﬁgg%%Fué sﬂ%a%&;n% ighals “These are fed to the
|

sign
subband p%gcées%}ll;@; 1400 BRSNS (féed?%%ﬁ%?g}?ﬁ/‘glﬂ’eﬁgﬂ?ﬁﬁlﬁﬁbﬁﬁiﬁd%d}%% to the
synthesis flierbdniEidisae frferbly thedos Rard subluwriveniod whreto asametighakiThe subband
processingaanitsiydizranfo?itd smiieathiie diibhedd23ubbelchihedkrgsingdeperadiesssuch that the
modified tiniecidimain siganlis ainmis posasvarsieRbinetap Ul signalsaraspanding to a
transpgsitiom@kdenng bad B&ﬁ@ﬂ?%@%ﬁ;&'%'ﬁ%ﬁ?&i§‘éﬁx‘%@&‘&%{9§%§§é£‘ &3 defﬁeqa%\/ comprising
nonlinear o ations;on ﬁ)lllgag 0of moye thanlone %ubban(i)s t a time, w reesu sequent blocks
are window&%ﬁ 5% overlap 4 ge’dnfo genarate the satpert Hﬁ%%?ﬁéﬁ%‘?gﬁgn?ﬂ%hﬁﬁéwanks 1401 and
1403 can b eo@%ﬂ?'&fﬁ?ﬂ@?@mﬁﬁﬁl%%ﬁfﬁf%s%@ bloek Bt FepRpTiesR D FT. They can

be evenly GFUEHRA Skaeldeman thenah sdiihisdravhel ahithbe WO 2011/11050013PCT/EP2011/053315
defined from a wide range of prototype filters or windows. It is important to know the quotient AL / AL

of the dpllowigrniey ierbaMsiRABMEIRISMMRARGH I ANGIGRLMRIS 4 filterbanks, the
filterbank 2302 can be in a separate device and an apparatus for processing an input audio
signal may only comprise the synthesis filterbank 2304 and the further analysis filterbank
2307. Stated differently, the analysis filterbank 2302 can be distributed separately from a

“post”-processor comprising blocks 2304, 2307 and, depending on the implementation,
35  blocks 2309 and 2311, oo,

In other embodiments, the application of the present invention implementing cascaded
filterbanks can be different in that a certain device comprises the analysis filterbank 2302 and



AL : the subband frequency spacing of the analysis filterbank 1401; 5 Afs : the subband frequency

spacing of th is.filterbank 1403. For the cpnfiguration of the sum%ﬂﬁqﬁgﬁgwg 1402 itis
necessary toeﬁﬁ(ydgt‘i?gﬁcgg?égspondence between source and target subband indices. It is observed that

an input sinusoid of physical frequency Q will result in a math contribution occurrjng at input _
10subband @GR extheain Bisbarisiitd dadsheriatermsiiog wanae suuidey sicadiffeguency T.0 will
result from feedingrttietsritddsis diffelan disuitmimdexia ldiffitat dietineidheappiopsiate source
subband indexcuaibiasioh Yrarsubligad mraeassngfonaHiemiRIIekENIPARdRdex S 1 must obey 5n
ranspostlioy e B B0 anamited
ranspogsition using.several or ( eC.

bit-stfeaélsm (i)garne%“g%gﬁl%? 16 E%SFS%&%C% &r &T%?‘}i%vl‘?r%:%:% _ergﬁag?%'%%ﬁﬁﬁm%‘g@ded core signal
at a samplifGRREGiREne erthe s RRRcthas hemarriormed wished! tHess inpudisavalithgirequency 2fs by
means of akeswipieky mebienbioy 18 bendiQvibranatitysisdhale (o602 4dligwediby BGdskiand QMF _
synthesis bank (Inverse QMF) 1505. The two filterbanks 1502 25 and 1505 have the same physical

et 34D e gy comtentof he.
wer rrespondin .
c())utsu?gign% ‘%gro t%’l%%p f’fségefct'i&}r?_éb?ﬁ%%Qﬁ%ﬁ%@%ﬁsﬁb%%%%%m tfiesis bank 1505
with the ou haersHeRak Bl ha s Sipsnitpahemslipé e wallsaplag and
modificatiof45e Aoty ithand dr Frebypetbesi i tenitnk504 | TindSfnulitiplelsrGrspelestdBa3 takes as
input the deébodedieord dignelsindhe atplyissaintitinds @f is bib andsighalsrokishkeprasent the 64 QMF
band analysjs@éas suRaiResiionosAMBINAlan.PhaeusIARRAAARE: SinRlcomAgpents. The
objective IS5 11 HE R IACGIAI {2 GRS AGIHSQTANENS COTTeSpONs fo.an integer
physmgl tr é:)osmﬂg Qf the fc&‘r%?ﬂ% na}J, T=2, e) |%1é’ o 1llustrates a pr ?r example
scenario fc?fﬁ]esaén Sration of a %?8 GPERA S OB e arehatdilttriren ¥R dn iy BbF Boplying a
separate arffEiedinte Figad ey emnkippiitdn Orueyl. Hersutivad thanspositiba fortters T = 2,3,4 are to
be producedhamdsddiprbraidimdithed\w Q320 havd 4 6aORIRET ER204IMP538 1, 2aDmain of a 64 band
QMF operafinghési Oflittasamplingokades 2iouhesBRMaaHAl LOQA ST of 2f,, when the
20 processing in block 2309 doubles the sampling rate. However, when the processing in block

2309 does not double the sampling rate, then the sampling rate output by the synthesis

filterbank will be correspondingly lower. Subsequently, further preferred embodiments

related to the present invention are discussed.

25 Fig. 14 illustrates the principle of subband block based transposition. ‘The input time domain
signal is fed to an analysis filterbank 1401 which provides a multitude of complex valued
subband signals. These are fed to the subband processing unit 1402, The multitude of
complex valued output subbands is fed to the synthesis filterbank 1403, which in turn outputs
the modified time domain signal. The subband processing unit 1402 performs nonlinear block

30  based subband processing operations such that the modified time domain signal is a
transposed version of the input signal corresponding to a transposition order 7>1. The
notion of a biock based subband processing is defined by comprising nonlinear operations on
blocks of more than one subband sampie at a time, where subsequent blocks are windowed
and overlap added to generate the output subband signals.

35
The filterbanks 1401 and 1403 can be of any complex exponential modulated type such as
QMF or a windowed DFT. They can be evenly or oddly stacked in the modulation and can be



selects and combines the relevant subbands from each transposition factor branch into a single
multitude of Q s to be fed into the HFR#rocessing unit. 5Copsj éi %} case T=2.The
objective is sp‘ggﬁi}g%%gt the processing chain of a 64 band QMF an;ﬁ%/i{.i%?{z @B ,%Ssubband
processing unit 1603-2, and a 64 band QMF synthesis 1505 results in a physical transposition of T =2 .
Identifying thd@sdiiren pivdksanenc] pototimobierel wogworFiyisitporafindsithathand AL. 'zf = 2 such-
that (1) resIREHAHE $pbcHhiEmioHSoingsws B datkewemespondenosl hephsemiaatizce n and target
subbands in is 10 given by n m For the case T = 3, the exemplary system includes a sampling rate

converter 16013 wjji@hq@@um&f;@ﬁlasumygﬁﬁcm'@%@a&%%%ﬂl%ﬁz@%-3’ 2 from fs to 2fs/3. The
objectivg is spgcifig, I[}{ﬁ@g}%@f&gﬁg%h&é&gln QEQSe 6 baré%t MFE agg%;sis 1602-3, the subband 5
processing unit 1603-3, and a 64 ndlé sygh?hess i ﬁPsa‘ilﬁé sical transposition of T = 3.
Identifying these three blocks with 1401, 1402 and 1403 of Fig. 14, one finds due to the resampling
that AL | AlFer $hagenfigiat{a) pithvidédine spesificatiotn fivishtoaBrihatihetmerrespondence between
source n andrtasgeidsnbiianeecd duiscagaimgdiendind mdRe?® RUHRR6RE6: LTy ihe exemplary
fsystem incflg&ﬁ@gbﬁ sappling fal SR vgtgﬁ.@%%l}/lg%%g g% vg&%ohh&én ut Sé%ri% pling réalAtrede\(/jvrg2 ?}/Fa
actor fyo o) ive is Ifi af t rocessin In e an

WO frappdsdioniRidnds OBIE h %oﬁ%ﬁ?sg%%&fdt 0 ntlae ‘%é%feb s g%y}{lsfﬁ%ISI

analysis 16Q2-4, the Lblr)b d processing unit 1603-4, and a an( s 1505 results in a
physical tra%%cbugglcﬂ’ozr?o ﬁuafiff ?ﬁgéﬁmﬁgﬁﬁ&%sm%%%@%ﬁﬁﬂﬂéﬁ TP 81d/1403 of Fig. 14, one
finds due tdoBtRcheazmaprialy thurcatubkind ddnchiikabfihonikisespbespacificatordor 1603-4 that
the correspermtnddhdtinéen somtseobeand target subbands in is also given by n = in. Fig. 17 illustrates
an inventive example scenario for the efficient operation of a multiple order subband block based
transp%sition applying a single 64 band QMF anajysis;filter bank. 30" Indeed, the' use of three separate
QMF analysis banks and two sampling rate cdﬁﬁg‘ﬁé’r‘;%ﬁg. 16 results in a rather high'computational
complexity, as well as some implementation disadvantages for frame based processing due to the
sampling rate conversion 1601-3. The current embodiments teaches to replace the two branches
1601-3 1602-3 -> 1603-3 and 1601-41602-41603-4 by the subband processing 1703-3 and 1703-4,
respectively, 35whereas the branch 1602-2 -? 1603-2 is kept unchanged compared to Fig 16. All three
orders of tréigspd Hitieratwilknevuhpivedmbe Bar iR i dnisfbierhankidamainwith reference to Fig. 14,
whereAL /dhsydafidh g 38%-bi deter shaGilicalon LR AMPRRY (S at he
correspon%ggigg&vgﬁ_%gr squrce ?lgn{fag%ge seL]JJ)b%Emj én IS g%en ynzm/ 3 For WO _
2011/1105Q015PCT/EP011/053315 the Casd AL %P g L STHEABHef0r 70 widtn by (1) is that
the corresp oo egccgrﬁ éf%?{ a sampling frequency 5. The low frequency is resampled to the output

sampling frequency 2/5 by means of a complex modulated 32 band QMF analysis bank 1502

followed by a 64 band QMF synthesis bank (Inverse QMF) 1505. The two filterbanks 1502

25 and 1505 have the same physical resolution parameters Afs =4Af, and the HFR processing

unit 1504 simply lets through the unmodified lower subbands corresponding to the low
bandwidth core signal. The high frequency content of the output signal is obtained by feeding
the higher subbands of the 64 band QMF synthesis bank 1505 with the output bands from the
multiple transposer unit 1503, subject to spectral shaping and modification performed by the
30 HFR processing unit 1504. The multiple transposer 1503 takes as input the decoded core
signal and outputs a multitude of subband signals which represent the 64 QMF band analysis
of a superposition or combination of several transposed signal components. The objective is

that if the HFR processing is bypassed, each component corresponds to an integer physical
transposition of the core signal, (7=2,3,...).

35

Fig. 16 illustrates a prior art example scenario for the operation of a multiple order subband

block based transposition 1603 applying a separate analysis filter bank per transposition
order. Here three transposition orders 7 =2,3,4 are to be produced and delivered in the



source 37 and target subbands in is given by n . 2m. To further reduce complexity, some transposition

orders can be gener { y copying already calcujated transposition or(ij,%rls,&&pﬁ ouiput of the core
decoder. S Fig. 19|”u€?s]t§§t§s the operation of a subband block based transposer ustfng transposition

orders of 2, 3, and 4 in a HFR enhanced decoder framework, such as SBR [ISO/IEC 14496-3:2009,
"InformatioTBEHHABGY besd AN Speaine aiuirbEwlng Pines:. Abelioh haibk6tesimpiy decoded to
the time dosslirisapdivercuiresdbeodeniChthandp fssechth thasptERomadietifzh IRavhich generates a

high frequesiaylsignmitifens hebasshandcreighahdAfiat g8 B@Jﬁt%ﬂﬁ}nihe HFR generated signal is
dynamically adjusted to match the original signal as close as possible by means of transmitted side

inform ion ent |s the HFR 105 on subband signals, obtained
from o?lste or géb\sllséi%%éﬁa fsﬁ%s ban%og‘]ﬂé{wﬁlg’ ﬁ@&’é%@%%%&@%ﬁé%?@%%ﬂ@? operates on a
time domaiffyRATSArARRY! %gtlfaf”?‘th@t?e}éfﬂéﬁéy%ﬁtﬁéﬁ%& anfe Sdtprand<RiBIsitessthe HFR
decoder mddbfeswiltefechivuesipaldsampisithe £6re ifiratifpityibesthbrasbhplingfiegumncy. This sample
rate conversi0a dsd st Igf Stalpechbiintraifaisinstey, olfjltarngtieqoyeaatiersignal by means of a

32-band ar@é&ﬁ@Mﬁ&%@%Jﬂﬁ@ SHgans-Re e snscelisd ARsaBLlgueney. 1.e. he

lower s 22, subbands that contains the entire core coder signal energy, are 20 combined
with the se of su bands that carry the HFR generated signal. Usually, the number of so combined
subbands is 64, which, after filtering through the synthesis QMF bank 106, results in a sample rate
converted EsFdlssaer Zigheatheswsmnlany wistemhincudssie feomlihersEe@nmatia/5025 witiersubband block

based transposets dhdep &I sRptindaledb0d, husecrnRspesH g ordersThe 3uid.angid, are to be
produced mmm@r@gtiﬂtg%mmm%@m EE;FE”'Q BV SAng rate 2 s. The
input-ti;e- q)gggggg@ggﬁtlll&)g)%ngrp&sg § the bloc ia a d 103- 1%} This is done in

“order t Ah the arfferen trans LRI STISROSURR
ﬁ;negv%ﬁég tggéogéc u%’é&t{%‘ﬁ% rocz’sésf’e éﬁg}h]rgoét) g{)ﬁ] IE‘H %§“21§ 4493-24) to adapt
the samplirig Tate of th ﬁt At Srals T3 e ﬁéﬁ&/@%ﬂ‘i’ﬂ@@ﬁ&iﬁk%ﬁg%ﬁ%@ﬁﬂ@‘i’ﬁé(wﬂt‘l’ﬁ%@case 64). It

can be noteartirpptidenirvdremsenciothes seamplangpt atbbdndin #sidagafs gban beaxplained by the fact that
the sampling rate converters use downsampling factors of T/2 instead of T, in which the latter would

result f transpgseEbsHINAN SAARIRAR ,‘jl%%gn?ﬁ@ }ewacs ek o 103.04)

downsamplﬁd S ]gsntﬁls are 35fed to se%arat
one for each fransposition order-sAicA S o & 1&‘?/8%&%band signals. These

are fed to tFREAOHAREaF 935’6%%8%‘&@&?1‘?}&5 BaRrd ?ﬂ@%@‘él‘“ E@@WS %ﬁi’é 40Besabbak multitude of
complex vaAeessEImitsifioBn dedare4fbahdddME hetigeiCicoTiemlm otk itykd! tegriheiivith the 16 WO
2011/110560PE7/ER2OA P H3 hreeitpstiy anhthesubsanpledanalysis hank 502 R,

MergelConttei mmtzﬁmvmeﬂggﬁb@wﬁb@o@wm thessaneanahrisiitierbank-d02 and each
stretching E%QQJ inﬁ&&@ muIt de of MF subba ds to be fed into the HFR processing
unit 105. 5When the signa s%gc%%r rom gent %;msposﬁlon o%ve%ggrg 's&t to not overlap, i.e. the

Fig. 17 illustrates an inventivc example scenario for the efficient operation of a multiple order
subband block based transposition applying a single 64 band QMF analysis filter bank.

30 Indeed, the use of three separate QMF analysis banks and two sampling rate converters in
Fig. 16 results in a rather high computational complexity, as well as some implementation
disadvantages for frame based processing due to the sampling rate conversion 1601-3. The
current embodiments teaches to replace the two branches 1601-3 — 1602-3 — 1603-3 and
1601-4 — 1602-4 — 1603-4 by the subband processing 1703-3 and 1703-4, respectively,

35  whereas the branch 1602-2 — 1603-2 is kept unchanged compared to Fig 16. All three
orders of transposition will now have to be performed in a filterbank domain with reference
to Fig. 14, where Af;/Af, =2. For the case T'=3, the specification for 1703-3 given by (1) is

that the correspondence between source nand target subbands m is given by n=2m/3. For



spectrum of the Ph transposition order signal should start where the spectrum from the T-1 order

signal ends, tI? t d signals need to be of bandpass character. t itional bandpass
filters 103-12- @&%gl%—ﬂ%. 1. However, through a simple exclusive selgggﬁ%%é%r% ‘%e available

subbands b%the Merge/Combine unit 104, the separate 10 bandpass filters are redundant and can be

avoided. IndBESA e hnBFREBFASAS LEh ARG BN OPrbVitikatBiererommmdsaskberusploited by
feeding the WfeFetEdmIERS SEIadr omistiizenr diispoder brdbisheséddemengéndly teodifferent subband

channels int@4pdtititscsisifices te gpplydhestivoey Bigalehing arbideandsovdishkgseembined in 104.
15Fig. 2 illusisaiesuthe opematignaf-a nonlinear subband stretching unit. The block extractor 201
sampleg a finite frame of samples from the complex valued input signal. The frame is defined by an
input pointeg.position. Thig frame undergoes nonlinear processing in 202 and is subsequently
windowed ?)%Ea ]fsﬁﬂl g{%tﬁsgﬁﬁc\f\)/?ﬁﬁ%\ﬂf’i ﬂ%fﬁﬁbblaﬂg blosk g sirneS arng draspesiiivaordersly output
samples in %é dvarhp B Ad BB TRed depnsler drame worlp wathan SHILEROARS 2048682099y an output
pointer positiofermtiomipcitnobipter (odcy efnediadiinlafixed ameLmtiaidth e uiRubaRIBtEr IS
incrementedebydddacsbhiandisteichyiactesimesdha same AoNR cANHR Aa o1 fbis chain of

b Sig b B S el oser
employed b%ﬁgsnﬁré%gl’%%a }le%@a? gﬁgbaditﬁ% _ (’a%ﬁhégﬁmsi@ﬂ%ﬁ%? m&%ugl objects -
Part 3: Audio]RBREABRRS il drfraebione Tl wiarmiin g eHemesbsubb R, to generate the high
band signaEracﬁﬁﬁmH}ﬁ@ltrﬁlbém%gl@@aeb&ly@@wsmlhevqmmm;th@{@memﬂ@mspectrum. The

amount usehithEssama30tatiack SN ARG IeRARAHRR ﬂﬁ%t!&ﬁ%%ﬁ%ﬂﬁ%?ﬁﬂfé& dhg.pandwidth

extension faglakaasting mleparhlicndor NRA0TLIRRATAHIL .9 HIE Signais generated from
different trq@g&gﬁ@%@ gglde%ggn%{§oql¥lggv%% tso ovl(lenrlai?es ectrglly.or not, As a consequ_eﬁfce, just a limited
' TPt SHESTImTOr & given tFEPBSifh SRIERtSctually be used by

part of the harmonijc transpdser_o ) _

the HFR proce _iﬁ%afws Giehrorstaeprf tistingdhacate spdnruienshitioarme of apamademplary
processing 4 btk Al pFbe subimera bsiayl dhe wbioalied sigssakeT fregsimgleisubieand signal has
been subjelsteek twlzryokithd 25 cibbimatipn eithendetoneior aftesdasingiiltereePyan analysis filter bank
not shewvn H@lﬁiﬁzem&@aMt%@%ﬁ&ﬂg%%%één%ﬁm&%‘&@w&Q%!%J%{%@fh of the single
subband si ' ime.length before forming the decima single subband
signal is inggﬁpﬁ%@gﬁi&%ﬁéﬁﬁ%ﬁ%ﬁgn etgllr élﬁ%lc%%i %6“{%%3‘5%%&{%&%? 201, but which
can also bé mplementaer oK GfPSFERT G955 codsesapricentinetorinbe tHirties dséfRkes using a

sample/blo@?%?/ance Svalue exemplarily called e. The sample/block advance value can be variable
or can be fixedly set and is illustrated in Fig. 18 as an arrow into block extractor box 1800. At the

outputsf the hloskortiatiok s800 riepesexisEANIHAINLR! RsastedRlacks These blacks are highly
overlapping, singeathis. sanuipilosk AL eRGs AR Sl lanFic ARy S BRYEn thap the block
output sampling rate 28 . The input time domain signal is bandpass filtered in the blocks 103~
12, 103-13 and 103-14. This is done in order to make the output signals, processed by the
different transposition orders, to have non-overlapping spectral contents. The signals are
30 further downsampled (103-23, 103-24) to adapt the sampling rate of the input signals to fit
analysis filter banks of a constant size (in this case 64). It can be noted that the increase of the
sampling rate, from f5 to 275, can be explained by the fact that the sampling rate converters
use downsampling factors of 7/2 instead of 7, in which the latter would result in transposed
subband signals having equal sampling rate as the input signal. The downsampled signals are
35  fed to separate HFR analysis filter banks (103-32, 103-33 and 103-34), one for each
transposition order, which provide a multitude of complex valued subband signals. These are
fed to the non-linear subband stretching units (103-42, 103-43 and 103-44). The multitude of
complex valued output subbands are fed to the Merge/Combine module 104 together with the



length of the block extractor. An example is that the block extractor extracts blocks of 12 10samples.

The first blocl%p(egtp]ﬁﬁgi@amples 0 to 11, the sedend block comprlses/ﬁﬁ,@ﬁjej %tg il,g the third block

comprises samples and so on. In this embodiment, the sample vance value e is equal
The individual blocks are input into a windower 1802 for

to 1, and ther 11-fold overlap

windowing ﬁtgp £ rgte}gl W@?ﬂp %Mﬂ%r@&%%&?&%@ﬂ%ﬁﬁ%ﬁ@ﬁ' preages Bwiculator 1804 is
provided, mﬁﬁﬁmaﬂ@t% Sophiensdyfisy e habloti2 Midecphasetdlgfator bBOd:dan sither use the -
individual bkeHdrefiiedenfiQMAgubbsudb seuRA tio WNHPRInG.ERap vaipiidse adjustment value p x k
is calculated and input into a phase adjuster 1806. The phase adjuster applies the adjustment value to

each sagnplmglaeegg 0 a to the width 20 extension factor.
When, for exam GE]MS %&%ﬁ%@%@}%%ﬁ agnoc? be 0 a?r?e%ﬂ%?fer? tﬁ‘g phase p
e

calculated fsopr ap xtractf%%i;% iHiom pideic gt sheyt dl%%ﬁ‘ﬁdtt?pﬁ?@%?’tﬁ@té’éﬁ&? and the
adjustmentQféﬁﬁé‘@ﬁbﬁ%‘éft@%ﬁéﬁ%‘aﬁﬁﬁﬂwﬂtﬁ@%re&@ i bardpira sbasaljgstBed80Beis p multiplied by 2.
This is an eixatitioratybaipet tilterAIRI12tMI8H 4 thef pomattedphaBR gk sypRSisdsdE P, p (k-1)*p. So
in this exanspledbe oesQAHO VG ISERRRING! Re Nt@?éﬂﬂﬁ&iﬁst&r iR oadgled.Gther values/rules can
be applied m@@g@ﬁgm%m%g&g&% &Eég DseR ho |mer1)t the smgle subband signal is a
complex SUBB%C% r lIﬂbagd t qf hloc can% ate a urallty of different ways.
One way is fo take t epsamp e ,KEE‘: %l%%ﬁésgﬁ%f’éﬁ Bttf?ee‘?ﬁﬂ%lgtg% EHIBEKHHETS calculate the
phase of thf& ?Eep‘i’@ﬁsgﬁ SROEAIRIES indepprsieatidodiEaneni svkband r}m@@m Hifelyatsmple. Although

illustrated ifuEiges anhehsainectiphnod ndjbstds whishatessmbieqient4o the windower, these two
blocks can also be interchanged, so that the phase adjustment is 35 performed to the blocks extracted

by theBlockigxtrapienand:a winaow e both,operations, i.e.,
windowing &E%fgggs%ladﬁust@ﬁépﬁﬁa%%%] Iueétizjligorglcgzh‘3 &?&%ﬂ\; 1?8{?’1{@ %%C](Sca oni t1Lr1i)£)se two
operations can he summarized into-a ﬁgnigii? %fé‘oég‘%g BaneisieiRedperation using
a complex ﬂﬁﬁb%‘&t%ﬁ“ﬁét%?%%ﬁ%f?a@ yadrrggsFaRatinee Q%ﬁ?&&'@%@éj@l&%m&wmultlphcatlon factor
and a winderRsgEeasIb i prhb e fndfe Stetibbionierwre2 i Thints wiing verpleiasic daet amplitude
correction ipEled08ythvhensdhia windevigchanaiphasesadjustechblaeks aeoysHiapadded.

Impormntlydmmﬁnmﬁpﬁ@m%%@ﬁh@dmﬁﬁ, bliﬁtgg Rlpck 1808454 fgﬁ&el{% {hs value used in
the block eyjsagig gteermegt@gtyedt@ aedIplelbioch adyance Yalue 80 S greater than

the value e. used in oc ) S0 that e stretc |ng of the S|gna ou 1808 is obtained.

Thus, the processed sub ngtlglﬁﬁ By BiocRorstmtigal I‘@‘ﬁ%ﬁ‘tfﬁ#ﬂ%ﬁ%g “he

subband stretch factor tlmes the input subband signal duration, up to the length of the
synthesis window.

25
While the SSB transposer employed by SBR [ISO/IEC 14496-3:2009, "Information
technology — Coding of audio-visual objects — Part 3: Audio] typically exploits the entire
base band, excluding the first subband, to generate the high band signal, a harmonic
transposer generally uses a smaller part of the core coder spectrum. The amount used, the so-

30 called source range, depends on the transposition order, the bandwidth extension factor, and
the rules applied for the combined result, e.g. if the signals generated from different
transposition orders are allowed to overlap spectrally or not. As a consequence, just a limited
part of the harmonic transposer output spectrum for a given transposition order will actually
be used by the HFR processing module 105,

a5
Fig. 18 illustrates another embodiment of an exemplary processing implementation for
processing a single subband signal. The single subband signal has been subjected to any kind
of decimation either before or afier being filtered by an analysis filter bank not shown in Fig.



10 longer than the subband signal input into block 1800. When the bandwidth extension of two is to be

obtained, then_the sample/block advance value ismsed, which is two ti”},%%«,%{,%o??rﬁ%? 5onding value in
block 1800. THIS PELHEM a time stretching by a factor of two. When, however, athatime stretching

factors are necessary, then other sample/block advance values can be used so that the output of block
1808 has alr%qp{}}?é?ﬁofﬁn@qmllﬁrﬁtﬁe e dnms gherd Bgadldpsiustre fan npiitibegtorrection is
pref?_razly ﬁ@ﬁmrﬁ:edm ﬁr;ij:@dmﬁdﬁtis‘; sgbsﬂgﬁdiégmﬁﬁggemp% m&éalaﬁ&ﬂ&&@gm 1808. This
amplitude cetiegtian-eotdstikOwareni SACIOHRNUGROWRLG G M¥ ustor
overlapéprog 1slgin . 2? In_thﬁ acpo eiampl Wll%ﬁ b gk;fgsngfi?}ggfsﬂ %%csarﬁ%%fblock advance
value in the aocﬁ,e%éaé%rcq}eoneé, GRS e&é% 5‘&&38?/5 £a o be vsiatle Bvenap EsdBlock 1808
would be eGP EsHRREHRBRIG MR iRk axtarstor bR Stiforied ofie would still
result in an WoetRratinES Motk Wirtnealoatigndtientextehbiok by refadlotiafabigghis to be 25
performed, dhefephmngampleiblosiprilancaivaliewped Rybleck 280§ way ehemrasalio three, and the

overtap woulArap BRLYRR:A! ANeEMNAR AU IR AR eXiension 519 be performed,

then the ov block 1808 would have to use g sample/block advance value of four, which would
still regﬁlt iri g é%% ho%ﬁ%‘?% %%‘Eﬂr‘t%‘?/sos%f’o"éﬁ%g?&bﬁaé%%&?ﬂ%&%%‘ifé?@éﬁ?ﬁj?&%ﬁ b achieved by
restricting the Hp '&?ﬁi&%ﬁ?éﬁ@ﬁ@é@r‘%ﬂén%@@s@l@}v eBraiingss B6urce range, and this at a
sampling rafERleaneek ady auerythane posits todrded tite ibasit-fildokvertiyming. of such a system for a
subband block based RFR generator is illustrated in Fig. 3. The input core coder signal is processed

by decicaterha HmRaRINRCEHRREING R NS AANSS ARELE. GBI effect of each

downsampler. i lter out rge fange:signaland to:deliver.ihgt.to the analysis filter bank at the
Iowes?%osé%llgs%gfrfnﬂglr?gﬁ&ttgscﬁg%(?fo‘é\;ﬁeggtmng@gi ﬁlg%rag ézraélcft%at}ére ]]%égpéoavﬁ‘_jfa :n‘é‘fﬁe that is still
suitable forthe &gﬁﬁgﬁgfﬁrﬁﬁggg‘?ﬁgﬁﬁﬁ alsyleion | Bidotsnaieer nspibe indivsaah 5 necessarily the
lowest sanffrghdfEctEdaveng S BsEshageattordedmiatofherhe Hamplingtrate: eanversios may be -
obtained incekritatss! anelrimersnid/ithbask lidjiting 1ResSThpphaid g neentionR: hogxamples will be given:
the first shawiadlecrenaimpiag BesTasRErk Ry Ml Taterime demaln Rrasessingqand the second
ustraips tbaaRmRINg whbICYSLRYBeaeal W, 22uRbaNg placessing, g ) shiows an example
of the bloc@eintg rr}lulti-ractaelcttiltinte&jlpma]il)? ol(czwnsagé: er for a transposition order 0 éa.mfiﬂle input signal,
having a banawidth B Hz. and a sarphing FEGER Fhe Blost Srtesiony 9L siErtisd Benential (401) in
order to freﬁﬁé??&?f-%ﬁﬁflfﬁ%af@%ﬁ%fvﬁ%@ appitebiramgesanpeot yidertyimthsbie x(n).exp -i2g f; 2
Examples éfiasianpbfitsipmaidinlieddspeBiivineaitecmpbyialiernisedepictadvislyrigs. 5(a) and (b). The
modulated sigeatistaterpelatanaRk ang fiterRd py. 3CoMBEMAMEAIQMRARES, factor is

25 either 2, if multiplied or 1*p if added. Other values/rules can be applied for calculating the

phase correction value.

In an embodiment, the single subband signal is a complex subband signal, and the phase of a
block can be calculated by a plurality of different ways. One way is to take the sample in the

30 middle or around the middle of the block and 1o calculate the phase of this complex sample. It
is also possible to calculate the phase for every sample.

Although illustrated in Fig. 18 in: the way that a phase adjustor operates subsequent to the
windower, these two blocks can also be interchanged, so that the phase adjustment is

35 performed to the blocks extracted by the block extractor and a subsequent windowing
operation is performed. Since both operations, i.e., windowing and phase adjustment are real-
valued or complex-valued multiplications, these two operations can be summarized into a



filter with passband limits O and B/2 Hz (403). The spectra after the respective steps are 15shown in

Figs. 5(c) andé The filtered signal is subsequently decimated (404) a g j% real part of the signal is
computed (405). %ﬂwlgﬁégﬁts after these steps are shown in Figs. 5(e) ar? 1l(t ?jfﬁ ﬁﬂgs%é%rticular

example, when T=2, B=0.6_(on a normalized scale, i.e. fs----Zg, P2 is chosen as 24, in order to safely

cover the sOUCE PR IR SR GSRIRMRG RNy ovhish, gseliisthepndusihbeelhs fraction has
been reducadiusimen woliwtenitadhsts apfenvaidhergtippelation factor is 3 (as seen from Fig. 5(c)) and
the decimation factor is 8. By using the Noble Identities ["Multirate Systems And Filter Banks," PP
Vaidyanathaie J088.aieRHER bERglR RO GULiRl A decimater£anhe movediafe way to the
ot and the SRHQIRTEAIE AL IP e JOFn g, 4.l s ey he mogtiation and fering are
done on the lowest g%s%ible 255 m%d rate anccik computationa co%'ﬁ%%ﬁf % PORRS - dBereased.
Another approach 1§ to 1LE R LHbIANL G fIES FSemdremyaniedsss ipsciasklysis QMF bank
102 already’Bre<ent ifCiteraRriyFkesaspltsthlakadubbaraedovbrikg 358 isgurer thngids for the
different travaiposesddriarbiuds! 806, syrithesizedstethentinmeidonain dysmabrdRsanpled 30QMF banks
Ereckeding thgdﬂié&i mlﬁ@fﬂ@g@a@k@oﬁmmﬁ?m %ﬁe%@o';ﬁ(ﬂﬁyﬁﬁagﬂmags 6. Tf:ceI small QMF
anks gre qhtained by, ing.t EigiNg 3 MFE bank, where the prototype filter
coefficients, g{gﬁg%d g%%?g%%:ie%i)%? B%fic])% %@%ggggn%}na Bro St% %gﬁigéﬁr.eﬁ%ﬁ&ﬁﬂr?éo ’ﬁ% notation in
Fig. 6, the syntheé)lsf'fff?}fllE AR preced| Ci‘ﬁ%dya‘”(‘if’d’ U She5eERiskdR BrOHEReERe 12 bands (the
subbands WFSRBIBSSeirsRibleskiP slts rosultiintm Emapsisetabing ir) fRtopeévent Bliasing in the
synthesis photesy; tferfiiste(itdthis) sathiaste(indexatg Yrantssserpid/toze idvaie vaseting spectral
output is shewbeitsédgo ThaNtiteothgithip MO B6KLALI 4 R2RRLPREN4ERR011/053315 block based
transpgser analysis filter bank has 2Q2=24 bands, i.e. the same number of bands-asin the multi-rate

time domai nsarnpler based.example (Fig. 3). When Fig. 6 and Fig. 23 are compared, it becomes
f"gg%%ﬁig%‘!f’ Ove%a “CoF agﬁm 1%95 BRESHA SRR RRP5BS9GR BTS2, Furthermore,

clear that ent 60 [o} cortesponds

the syntheﬁ%ggﬁfém%ﬁﬁuﬁ%g‘%‘?r%?%i%gr%]é%lﬁﬁﬁ%@%H@?}tm@lﬂﬁh@wmﬁh@r analysis
interbank 28t dirTgr2desive spoddectomietrent @082 pBiacidhd: atipssgandaderplock 2309 and
the combinern GXemzindeneaspsiod tanthisoy ibgsinditamanienr &lhe bR pthsLgmpodiments, the

combimer can be configured to output subband signals and, then, a further synthesis filterbank 10

connected i sed, However, depending on the implementation, a certain high
frequency %ég{g%%%%%%% i tgl?s@gc i}?rfﬁtgggf\%ex Eg‘sﬁﬁlgg??ﬁi%?ggﬁnﬁﬁﬁ Pfrmed before
|

synthesis filtering Bee StESh CRFBRIFK 931 %G oA &b S0 v amaddebloekrb Serpsidbsequent to
synthesis filfefg! i1 Syhitheeie fredpidik ousion big ReuréabssquefttediBiomidarin block 605 of
Fig. 6. 5 resultinan overlap of five blocks. When a bandwidth extension by a factor of three is to be

25 performed, then the sample/block advance value used by block 1808 would be equal to three,
and the overlap would drop to an overlap of three. When a four-fold bandwidth extension is
to be performed, then the overlap/add block 1808 would have to use a sample/block advance
value of four, which would still result in an overlap of more than two blocks.

30 Large computational savings can be achieved by restricting the input signals to the transposer
branches to solely contain the source range, and this at a sampling rate adapted to each
transposition order. The basic block scheme of such a system for a subband block based HFR
generator is illustrated in Fig. 3. The Input core coder signal is processed by dedicated
downsamplers preceding the HFR analysis filter banks.

35
The essential effect of each downsampler is to filter out the source range signal and to deliver
that to the analysis filter bank at the lowest possible sampling rate. Here, lowest possible
refers to the lowest sampling rate that is still suiteble for the downstream processing, not



The other branches extending from 602-3 to 604-3 or extending from 602-T to 604-T are not illustrated
in Fig. 23, but can be imPIemented in a similar magnner, but with different sizes of filterbanks where T in
Fig. 6 corresp‘gﬁ)dzé’ ‘tglg\otf*)gnsposition factor. However, as discussed in & Tc/gﬁ%g%ﬁé’ﬁflsg. 27, the
transposition by a transposition factor of 3 and the transposition by 20 a transposition factor of 4 can
be introduc8grfiterbidislorsssitbng et S sisidnpbifsitenindeonico. 6b4 @mspitigattsiock 604-2
does not ordynpeovidenattanspdsiion byieufantanal 2ithal sSomaianspesiion By aJastier of 3 and a
faC(;O£70f24é ;gﬁagpwmm @@%%@%ﬁﬁé%ﬁ%ﬂ&ﬁﬁﬁgﬂe%ﬁlé&%mélﬂéﬁfedﬁﬁme“ ?f Fli%S- 26
an : i : nds to Ms and Ms is equal to, ample, 12.
Furtherporgﬁ%gle (;i&zge? %ﬁ%&%ﬂt{ﬁg& gﬁ%@é@%ﬁ%@ﬁ%ﬁ%—?%%%leesvgé%?ﬁ%15%5 8fe($n£4e%r)1(t 2307 is equal to
2M5 such as 24 in the embodiment.  Furthermore, as outlined before, the lowest subband channel
and the highest subband channel 30 of the synthesis interbank 2304 can be fed with zeroes in order to
avoid aliasiftgfrelrens Faagystttr olatinsd amisig-ritcanddonisweshasampiepified special case of
the resamptiagspusilioadrifefigs. Thangdt sierardex iy simplily: theArangenantythg modulators are
omitted. Fugthglerdll HERy is.filteri | ing 64-band.analysis filter, banks. Hence, P2
M e e
order transposer branches re%pec ve y.qW D11/11050021PCT/EP2011/053315 It is an advantage
of the present invention that in the con{axd efmw-mgnt' T ti::al sampling processing, the subband
signals from the 32-band analysis QMF bank corres ondingzt block 2302 of Fig. 23 or 601 of Fig. 6
as defined xMPESH #SQMEQRIA49618) gaatbenusedmihdatefinitiep atdhisranalysjsdaterbank in the
MPEG-4 Stamda@nhsdﬁdtwga;ﬂdsimﬂa@oqmamp@mﬁmmfe%@b?ém?ﬁe&ééﬂmﬁ% A aflowchartin
Fig. 25b, whigh isi@ls Jrampthe Slande : spectral bandwidth replication)
portioq 5oft L% stag@m%%%%d%%%ggaiﬁgﬁ r?géglg:’féér%c% grgvct e g[ﬁ%ﬁ)%?s filterbank 2302 of
Fig. 23 or the g&-]ban_%sé?\ﬁl%% of Eig. 6 can Be mphk Fﬁgﬁ%@gﬁ%@ﬁ%ﬁé%}ﬁ%&?ﬁ%pper portion
and the floREhaHHG %@2559@@%%%%?%%@% Tiriesr Brgrshatusn el ebiok 2311 of Fig.
23 can alsdelintpiarmsioua ewsuimitc e if-h S0 doponionabitdige?5a ae-as Mustrated in the

flowchart otligm25e4Hawever ailtotbesfiliesbaok definitinng-casbompisd, byt at least for the
analysis filterbanlc 2302, the implementatiorsgfusteated in Figs. 25a and 25b is preferred due 15to the
robustness, stability and high quality provide@y‘@’sﬁ\?PEGA analysis filterbank having 32 channels
at leasfin the,context of bandwidth extension applications such as spectral bandwidth replication, or
stated gengﬁ lh‘ife é%#??ga%%%s%?’éé%%%ﬁ%{& By }#336%%%% ASpiEAtoMRS BEPARISH#HESS Interbank
2304 is coﬁ?ié&?@_ﬁe‘?&f@%ﬁﬂ%§ HG Spdssiipe BeppisfuS xbveeims Fdlsddeatitiange for a
transposer ! TAtssAeLmId6 Fd ko BophsidsRiNgidnenitienni dtiateesignral 2B hdrethedime domain.
Preferably, Gi&Sytthksimintechabka304 idl semalis il saplethseakyaiaed QME Pank. 25 The time
domain outgi:gi6 melhiaimes haniaie inemieddara sRERexaledARaIIS MG haNk of twice the
u

filterbapk Sé%ﬁxpﬂiﬁé%ﬁ%%Qw‘g%ﬁﬁl%%ﬁ%%ﬁgl&&igﬁw@% (Qf FI%. 23. This procedure enables a

k
substantial saving in computational compléxity-as only theTeieVant source range is transformed to the
QMF subband domain having doubled frequency resolution. The small QMF banks are obtained by
sub-sampliftgedtPRs ARt i (S A abrisuhbrmd0tenik i dhe StsarpitpediltemalyeliQibiits are obtained
by linear inberjsoléticheafyeconyinahpSRRIER filteiio® e sabiyndb eopeatetypasfilter asgesiated with the
MPEG-4 sysittipsisistatbankhay iishtil samplesdsdss heiel gihaMP EGafanalysisfiterbank has a
windoy of BRE-WRAORBMYaR: BT NARIGCAReIG-Rl eSS mRied Hilerhanks s dssoribed in Figs.
24 and 240, TUSHAUNY GMF banks are obtained by subsampling the original 64-band
_ & and QMF bank,

where the prototype filter coefficients are found by linear interpolation of the original

prototype filter. Following the notation in Fig. 6, the synthesis QMF bank preceding the 2"

order transposer branch has (>=12 bands (the subbands with zero-based indices from 8 to 19

35  inthe 32-band QMF). To prevent aliasing in the synthesis process, the first (index 8) and last
(index 19) bands are set to zero. The resulting spectral output is shown in Fig. 7. Note that the



flowcharts. The following variables are first determined: WO 201 / 050022PCT/EP2011/053315 Ms =

4 floor {(frable‘k, + 11 kt = startSubband21d, (frab(d.o, (0)) WI;; 'r°7 the, size of the
sub-sampled synt eS|s ter bank and 1Q, represents the subbartd index of the flrst channel from the

32-band Q enter the sub-sampled ntheS|s 5filter bank. The array startSubband2IcL is
listed in T wéﬁ%?‘ﬁs Hﬁ%ﬁ?gﬁe’fﬁi@r&}s@%ﬁ&%g rftTraritaRds tReresrespmBY <! drds minus

infinity. Tab*ré@%emg{ambﬁaﬁa@mé@mmﬂp@qszd)emp@ ®g. 3).

When Fig. 6 and Fig. 23 are compared, it becomes clear that element 601 of Fig. 6
5 corresponds to the analysis filterbank 2302 of Fig. 23. Furthermore, the synthesis filterbank

2304 of Fig. 23 corresponds to element 602-2, and the firrther analysis filterbank 2307 of Fig.
23 corresponds to element 603-2. Block 604-2 corresponds to block 2309 and the combiner
605 may correspond to the synthesis filterbank 2311, but in other embodiments, the combiner
can be configured to output subband signals and, then, a further synthesis filterbank

10 connected to the combiner can be used. However, depending on the implementation, 2 certain
high frequency reconstruction as discussed in the context of Fig. 26 later on can be performed
before synthesis filtering by synthesis filterbank 2311 or combiner 205, or can be performed
subsequent to synthess filtering in synthesis filterbank 2311 of Fig. 23 or subsequent to the
combiner in block 605 of Fig. 6.
The other branches extending from 602-3 to 604-3 or extending from 602-T to 604-T are not
illustrated in Fig. 23, but can be implemented in a similar manner, but with different sizes of
filterbanks where T in Fig. 6 corresponds to a transposition factor. However, as discussed in
the context of Fig. 27, the transposition by a transposition factor of 3 and the transposition by

20 atransposition factor of 4 can be introduced into the processing branch consisting of element
602-2 to 604-2 so that block 604-2 does not only provide a transposition by a factor of 2 but
also a transposition by a factor of 3 and a factor of 4, together with a certain synthesm
filterbank is used as discussed in the context of Figs. 26 and 27,

25 Inthe Fig. 6 embodiment, Q, corresponds to Ms and M is equal to, for example, 12.
Furthermore, the size of the further analysis filterbank 603-2 corresponding to element 2307
is equal to 2Ms such as 24 in the embodiment.

Furthermore, as outlined before, the lowest subband channel and the highest subband channel
30 of the synthesis filterbank 2304 can be fed with zeroes in order to avoid aliasing problems.

The system outlined in Fig. 1 can be viewed as a simplified special case of the resampling
outlined in Figs. 3 and 4. In order to simplify the arrangement, the modulators are omitted.
Further, all HFR analysis filtering are obtained using 64-band analysis filier banks. Hence, P,

35  =P3=P,=64 of Fig. 3, and the downsampling factors are 1, 1.5 and 2 for the 2*, 3™ and 4"
order transposer branches respectively.
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It is an advantage of the present invention that in the context of the inventive critical
sampling processing, the subband signals from the 32-band analysis QMF bank
corresponding to block 2302 of Fig. 23 or 601 of Fig. 6 as defined in MPEG4 (JSO/IEC
14496-3) can be used. The definition of this analysis filterbank in the MPEG-4 Standard is
illustrated in the upper portion of Fig. 25a and is illustrated as a flowchart in Fig. 25b, which
is also taken from the MPEG-4 Standard. The SBR {spectral bandwidth replication) portion
of this standard is incorporated herein by reference. Particularly, the analysis filterbank 2302
of Fig. 23 or the 32-band QMF 601 of Fig. 6 can be mmplemented as illustrated in Fig, 25a,
upper portion and the flowchart in Fig. 25b.

Furthermore, the synthesis filterbank illustrated in block 2311 of Fig. 23 can also be
implemented as indicated in the lower portion of Fig. 25a and as illustrated in the flowchart
of Fig. 25¢. However, any other filterbank definitions can be applied, but at least for the
analysis filterbank 2302, the implementation illustrated in Figs. 25a and 25b is preferred due

to the robustness, stability and high quality provided by this MPEG-4 analysis filterbank

having 32 channels at least in the context of bandwidth extension applications such as
spectral bandwidth replication, or stated generally, high frequency reconstruction processing
applications.

The synthesis filterbank 2304 is configured for synthesizing a subset of the subbands
covering the source range for a transposer. This synthesis is done for synthesizing the
intermediate signal 2306 in the time domain. Preferably, the synthesis filterbank 2304 is a
small sub-sampled real-valued QMF bank. |

The time domain output 2306 of this filterbank is then fed to a complex-valued analysis QMF
bank of twice the filterbank size. This QMF bank is illustrated by block 2307 of Fig. 23, This
procedure enables a substantial saving in computational complexity as only the relevant
source range is transformed to the QMF subband domain having doubled frequency
resolution. The small QMF banks are obtained by sub-sampling of the original 64-band QMF
bank, where the prototype filter coefficients are obtained by linear interpolation of the
original prototype filter. Preferably, the prototype filter associated with the MPEG-4
synthesis filterbank having 640 samples is used, where the MPEG-4 analysis filterbank has a
window of 320 window samples.

The processing of the sub-sampled filterbanks is described in Figs. 24a and 24b, iHustrating
flowcharts. The following variables are first determined:
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Mo =4. ﬂoor{(frabkuw (0)+4)/8+ I}
k, =startSubband2KkL (f,.., (0))

where Mj is the size of the sub-sampled synthesis filter bank and k; represents the subband
index of the first channel from the 32-band QMF bank to enter the sub-sampled synthesis
filter bank. The array startSubband2kL is listed in Table 1. The function floor{x} rounds the
argument x to the nearest integer towards minus infinity.

Table 1 -y = startSubband2klL(x)

x|0]112|3\4 5|6;7/8]9 101111213, 14{15116(17/18|19,20:21(22(|23|24]25(|26(|27 28/29.30{31

Hence, the value Ms defines the size of the synthesis filterbank 2304 of Fig. 23 and Ky is the
first channel of the subset 2305 indicated at Fig. 23. Specifically, the value in the equation
fableLow is defined in ISO/IEC 14496-3, section 4.6.18.3.2 which is also incorporated herein by
reference. It is to be noted that the value My goes in increments of 4, which means that the
size of the synthesis filterbank 2304 can be 4, 8, 12, 16, 20, 24, 28, or 32.

Preferably, the synthesis filterbank 2304 is a real-valued synthesis filter bank. To this end, a
set of Mg real-valued subband samples is calculated from the Ms new complex-valued
subband samples according to the first step of Fig. 24a. To this end, the following equation is
used

V(k~k,)=Re {XW(]:) -exp(f%(kL —WH},@ <k <k, +M,

In the equation, exp() denotes the complex exponential function,  is the imaginary unit and &,
has been defined before.

»  Shift the samples in the array v by 2045 positions. The oldest 20 samples are discarded.

® The Mg real-valued subband samples are multiplied by the matrix N, i.e. the matrix-vector
product N-V is computed, where




10 121212121212 toHence, the value Ms defines the size of the synthesis filterbank 2304 of Fig.

: : - . o " the
23 and KL is the first channel of the subset 2305 ipdicated at Fig. 23. S% '/fé(ﬁ?zll_ mtg}%galue int _
equation frabl&Low 15 detihed in ISO/IEC 14496-3, section 4.6.18.3.2 Whlc%‘l IS aéo Incorporated herein

. o . , ¢
by reference. It is to be noted that the value Ms goes jn increments of 4, which means that the_ size 0
tr?e synthesis fitgkhank 2304 dhﬁﬁ_@ﬁlﬂ% #AS b6 M5 32. 15 Preferably, the synthesis
filterbank 2304 is a reaMkalued synthestd4ilter bank/ To%is @i, a set of Ms real-_valued sub_band

samples is calculated from the Ms new complex-valued subband samples according to the first step of

. : ; on i -kL)= ii-z(k + 0.5) -191 \\2\64
Flg. 24a. To thig,enthadalag.eamaloniasssd Rk 3 e ik + 09)
) 1< S
* Bxtract samples from v according to the flowchart in Fig. 24a to create the 10Ms-element
5 array g.

¢ Multiply the samples of array g by window ¢ to produce array w. The window
coefficients ¢ are obtained by linear interpolation of the coefficients ¢, ie. through the
equation

10 ¢(n)=p(n) c(u(m)+1)+(1- p(m)) e(u(m)), 0<n<10M,

. Where u(n) and o(n) are defined as the integer and {ractional parts-of 64-n/ My,

respectively. The window coefficients of ¢ can be found in Table 4.A.87 of ISO/TEC
14496-3:2009.

15
Henee, the synthesis filterbank has a prototype window fimction calculator for calculating
a prototype window function by subsampling or interpolating using a stored window
function for a filterbank having a different size.

20 e Calculate My new output samples by summation of samples from array w according to the
last step in the flowchart of in Fig, 24a.

Subsequently, the preferred implemcntation of the further analysis filterbank 2307 in Fig, 23
is illustrated together with the flowchart in Fig. 24b, _ ‘

o Shift the samples in the array x by 2A4; positions according to the first step of Fig. 24b.
The oldest 2M; samples are discarded and 2M; new samples are stored in positions 0 to
2Ms-1.

¢ Multiply the samples of array x by the coefficients of window ezi. The window
30 coefficients ¢y are obtained by linear interpolation of the coefficients ¢, i.e. through the
equation

ey(m) = pln) c(p(my+1)+(1- p(n)) ¢ ((m)), 0 s <20M,



In the equation, exp() denotes the complex exponential function, i i_s the imaginary unit and kz, 25has"
been defined before. Shift the samples in the array v by 2M5 positions. The oldf?t%MS samples are
discarded. THEME &1 04Iued subband samples are multiplied by the R R E e matrix-vector

i WO 2011/11050023PCT/EP2011/053315 | N(k,n) -l cos (k +0.5)-
gogu—cl'; c|\<||t/|/ ISS gf&%‘t{) Létﬁsj ’a\:évcp /ear(%) are defined as the integer and fractional parts of 32-n/ M. o

respectively. The window coefficients of ¢ can be found in Table 4.A.87 of ISO/TEC
14496-3:2009.

5 Hence, the further analysis filterbank 2307 has a prototype window function caleulator for
caiculating a prototype window function by subsampling or interpolating using a stored
window function for a filterbank having a different size.

¢ Sum the samples according to the formula in the flowchart in Fig. 24b to create the 4M-
10 element array u. ‘

* Calculate 2Ms new complex-valued subband samples by the matrix-vector multiplication
M-u, where

. M(k,-n}'zeXp[.?‘ﬁf'_.(k."?'_o-ﬁ)'(zrﬂ“"cr.Ms)},{.O?k <My

4M, 0<n<4M,

15 Inthe equation, exp() denotes the complex exponential function, and i is the imaginary unit.

A block diagram of a factor 2 downsampler is shown in Fig. 8(a). The now real-vatued low
pass filter can be written H(z) = B(z)/ A(z), where B(z) is the non-recursive part (FIR)
and A(z) s the recursive part (IIR). However, for an efficient implementation, using the

20 Noble Identities to decrease computational complexity, it is beneficial to design a filter where
all poles have multiplicity 2 (double poles) as 4(z*) . Hence the filter can be factored as

shown in Fig. 8(b). Using Noble Identity 1, the recursive part may be moved past the
decimator as in Fig. 8(c). The non-recursive filter B(z) can be implemenied using standard 2-

component polyphase decomposition as
N, 12

N, 1
25 B(z)=) b(mz" =Y 27 E,(z*), where E,(z)= > b2-n+Dz
n=l) 1= n={

Hence, the downsampler may be structured as in Fig. 8(d). After using Noble Identity I, the
FIR part is computed at the lowest possible sampling rate as shown in Fig. 8(e). From Fig,
8(e) it is easy to see that the FIR operation (delay, decimators and polyphase components)
can be viewed as a window-add operation using an input stride of two samples. For two input

30 samples, one new output sample will be produced, effectively resulting in a downsampling of
a factor 2.

A block diagram of the factor 1.5=3/2 downsampler is shown in Fig. 9(a). The real-valued
low pass filter can again be written H(z) = B(z)/ A(z), where B(z) is the non-recursive part



1:1-.n<2Ms The output from this operation is stored in the positions 0 to 2M8-1 of an-ay v. Extract
samples from v according to the flowchart in Fig. 24a to create the 10Mrelement ?z%rrag 9. Multiply
the samples o‘F’Qﬁ%ﬁV b‘ Swindow ci to produce array w. The window cobfAEME EFEre obtained by
linear interpolation of the coefficients c, i.e. through the equation 10c,.(n)= p(n) .c_(,u(r])+1)+ (1-
p(n))c(kt(n) ST el (visesmyanardiibars ek donanrEivregmplant ftatinionsinparts of 64 -nl
M5, respectiveNobiideniitdow caeéisientspuf-tiaandmionnd, inid shlemid S 1 JSOMRE 14496-3:2009.
15 Hence, thgceyaihans dierhankhasaarpolme winday.instign falsWals! for.galculating a
prototype ABdes) Binelon s hspRRlina b BIRIRCIA LS RO Sy R LR fora

filterbanSk hfi\vm a %’ﬁ‘er,ent size, 20 Calculate Ms new output samples ummation of samples from
W S
t

e .
array waccordmg h_?‘nréslg?ir%f’égcfﬁ“i‘h@tm\ﬁéﬁg‘?ﬁfﬁ‘ﬁﬁ‘ﬁ@?ﬁ&%b&%ﬁhéﬁ‘l‘@‘?&ﬁ@fﬁreferred
impIementa‘iﬂﬁ‘i‘PB’F‘tWéfﬂHFﬂ‘i&nb‘??&W§§dfﬂ?émM%@W@P@@Mﬁé@ﬁlﬁ@tfd@d&o@etﬂa@mh the flowchart
in Fig. 24b. @5hehifinthig siplesnnNbbakdentisy By iRMEcResitipns megtedingdoitheofirst iep of Fig. 24b.
The oldest tpsatmplendle. distafbesbaneb v e Ba@ie Saspiatipasitioansa to 2M5- 1,

Multiply the samplgs b ALY X PR CQRHICISNES,9f window c21. The window 30coefficients c21 are

obtained by linear intérpolatiog of the cosfticients c, i.e. through,the equation ev(n)= P(n) ¢ (p(n)+1)+O
- p(n)) ¢ (p(n)), 0 n < 2083 =2 b(n)z™" = zE,(z°), where E\(2) = Y b(6-n+D)z™

=l I=0 ne=l
Hence, the downsampler may be structured as in Fig. 9(d). After using both Noble Identity 1
and 2, the FIR part is computed at the lowest possible sampling rate as shown in Fig. %(e).
From Fig, 9(e) it is easy to see that the even-indexed output samples are computed using the
“lower group of three polyphase filters ( £,(2), E, (2}, E,(z) ) while the odd-indexed samples
15 are computed from the higher group ( E,(2), E;(2), E;(z) ). The operation of each group
{delay chain, decimators and polyphase components) can be viewed as a window-add
operation using an input stride of three samples. The window coefficients used in the upper
group are the odd indexed coefficients, while the lower group uses the even index
coefficients from the original filter B(z) . Hence, for a group of three input samples, two new

20 output samples will be produced, effectively resulting in a downsarnpling of a factor 1.5

The time domain signal from the core decoder (101 in Fig. 1) may also be subsampled by
using a smaller subsampled synthesis transform in the core decoder. The use of a smaller
synthesis transform offers even further decreased computational complexity, Depending on

25 the cross-over frequency, i.e. the bandwidth of the core coder signal, the ratio of the synthesis
transform size and the nominal size Q (Q < 1), results in a core coder output signal having a
sampling rate Ofs. To process the subsampled core coder signal in the examples outlined in
the current application, all the analysis filter banks of Fig.1 (102, 103-32, 163-33 and 163-34)
need to scaled by the factor 0, as well as the downsamplers (301-2, 301-3 and 301-T) of Fig.

30 3, the decimator 404 of Fig.4, and the analysis filter bank 661 of Fig. 6. Apparently, O has to
be chosen so that all filter bank sizes are integers.

Fig. 10 illustrates the alignment of the spectral borders of the HFR. transposer signals to the
spectral borders of the envelope adjustment frequency table in a HFR enhanced coder, such
35  as SBR [ISO/IEC 14496-3:2009, "Information technology — Coding of audio-visual objects -
Part 3: Audio]. Fig. 10(a) shows a stylistic graph of the frequency bands comprising the
envelope adjustment table, the so-called scale-factor bands, covering the frequency range



WO 2011/11050024PCT/EP2011/053315 where ,u(n) and p(n) are defined as the integer and

fractional part%%fz% égﬁﬁﬁctively. The window co@fficients of ¢ can be fBHP}H%EﬂE&?é-A-W of .
ISO/IEC 14496-3: . bHence, the further analysis filterbank 2307 has a prototype window function

tor for calculating a prototype window function by subsampling or interpolating using a storeq
\c/:v?:liiuolev fu n%[t?gliﬂ S ??ﬁ%)evr%gﬁeig‘h%{\)%’ng 'y Eﬁﬁé%#ﬁ?@c%ﬂﬁ é"%‘ﬁff%ﬁé%bé&%?ﬂﬁﬁ@% the formula in
the flowchaMs{Teagens g E?%i?éat%&M@E@@l@ﬁﬁ‘éﬁ‘@lﬁ&?@s@alﬂmla@@M@d&&m@mplex-valued
subband sargsissated tﬁehfhat&iﬁmmmymulﬂmiﬁaqimnd%mudhg&elﬂ&ﬁlﬁsﬂbo@québthéléme;égég. n-4.4Ms
k<2M's 0 ditsdddel chbrii e QapatioR: XY/deIRs m&@&%%&‘%ﬁé%ﬁﬁkfﬁ@gqon, and : is tlheOI
maginayy UnlheARRESIAIaMOEACASIOLS AHNPATIDISEIS SN RIS, (), The now real-value

I{A %[,?#he, Ezfl the
|

S1110 .
i = IS on-recursive part (FIR) and A(z)is
low pass flgcan beueiten i) = B(a) t
the recursive part (111}, HOWever. 16f an

ir‘?ﬁfi@ﬁ%ﬂﬁbﬁ%%éﬂ@iﬁ@%ﬂ%&aﬁéntities to

decrease cOmHSSRBAACER Arastispll raamarcinchy tratkiofn aansepsifioarernd voles Hase multiplicity 2
(double polts)caxepeAdivtarotrtivechiteritanibieifabtoredmas sshowre inig oBifapaldsingNoble Identity 1,
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amount, compared to Fig. 10(b), in order to align the frequency borders of the transposition

bands to existing scale-factor band borders,

15 A realistic scenario showing the potential artifacts when using unaligned borders is depicted
in Fig. 11. Fig. 11(a) again shows the scale-factor band borders. Fig. 11(b) shows the
unadjusted HFR generated signals of transposition orders 7=2, 3 and 4 together with the core
decoded base band signal. Fig. 11(c) shows the envelope adjusted signal when a flat target
envelope is assumed. The blocks with checkered areas represent scale-factor bands with high

20 intra-band energy variations, which may cause anomalies in the outpi signal.

Fig. 12 illustrates the scenario of Fig. 11, but this time using aligned borders. Fig. 12(a)
shows the scale-factor band borders, Fig. 12(b) depicts the unadjusted HFR generated signals
of transposition orders 7=2, 3 and 4 together with the core decoded base band signal and, in

25 line with Fig.11(c), Fig. 12(c) shows the envelope adjusted signal when a flat target envelope
is assumed. As seen from this figure, there are no scale-factor bands with high intra-band
energy variations due to misalignment of the transposed signal bands and the scale-factor
bands, and hence the potential artifacts are diminished.

30 Fig. 13 illustrates the adaption of the HFR limiter band borders, as described in e.g. SBR
[ISO/IEC 14496-3:2009, "Information technology — Coding of andio-visnal objects ~ Part 3:
Audio] to the harmonic patches in a HFR enhanced coder. The limiter operates on frequency
bands having a much coarser resolution than the scale-factor bands, but the principle of
operation is very much the same. In the limiter, an average gain-value for each of the limiter

35  bands is calculated. The individual gain values, i.e. the envelope gain values calculated for
each of the scale-factor bands, are not allowed to exceed the limiter average gain value by
more than a certain multiplicaiive factor. The objective of the limiter is to suppress large
variations of the scale-factor band gains within each of the limiter bands. While the adaption



Hence, the downsampler may be structured as in Fig. 8(d). After using Noble Identity 1, the FIR part is

computed at low ssible sampling rate ashown in Fig. 8(e). Fr ' it IS easy to see
that the FIR otgg)fg ﬂé?lag’(?% ay, decimators and polyphase components) C%%}@é% \?l%\%%étléss a window-add

operation us%rmrgﬁan input stride of two samples. For two input 30 samples, one new output sample will

be produced; BfiSEHRIFrESiHE iFra‘a MiRs arniste Sandcermes sl crisiigraed 6 the factor
1.5=3/2 dowiisabaplemzsshviiinia Cile-Oe)r Fnd.rbaladgitieddbtvepasisfitesdcandagainthe written H(z)=
Bgzgl A(ﬁ), WiheseoB{Apisl mmmm PRrbradéa 2@&&4&&%@@8@5@5{&?&%‘ 9&5%15 OfFIR) and
A(z) is the rgegrsivesPar Q ichent:| i ing the_Noble Identities to
decreage CQORHR '993%1& m %%i%siﬁ%g%%%%%%a%{%%? &Fﬁ%@g rféééﬂh@ﬂg e%ngltfhoeﬁ have
multiplicity 2.(double po es% OF MUTIPICITY 3 (TS %%[eé? safb_\s(l.) AT Fe S%IRféﬂ? Here, double
poles are ¢ os%??%galg‘f_gﬁ%dsf&?ﬂfgcﬁﬁﬁﬁﬁ% stiffpraat Figet 1onbrarethiefsrauemiiough the
recursive pafRdchl s/ igete FEiqhimicalbrercofsplesatbwilenreheedinperiehtedhestille pole
approach. Hentertyesittéegandydbiadtonderas shilsmdnchigLa(Bmiisngdlehla identity 2, the recursive
_partl may becmanag imfrerbaiithe.iptermelainaas Mhlﬁ{&n%ﬁ)éogeﬂﬁhﬂ%'fé%ﬁi\é’\‘sfcgé%%%(z) cbazn )be
Implemgnt = ) y se.decomposition as N, 3(2)=b(n)z-" =2z
Et(?), wher%e% %@g%ﬁ? g%{iq‘lzﬁr%%%“r%%&ﬁ %ﬁ@dﬁ&%’%ﬁ?ﬁ"%‘? w%“’;?t%%aé’f’r?d%‘%ﬂl‘?a" E% Fig. 9(d).
After using Doth Nobre ?%8?1 R AR | GRS SR AR PR ddiRresipher et sampling rate
as shown ifIEEPoRdIng-Rsthadigvigre pibleck asgerdcssertbrpotide teveneihetbstep wutfutsantples are
computed usipdiiectowaslogauly ofstieeaipolyiniasehlverse(F of (hJiod 4:63 Iudilpiepdd-indexed
samples 15RseromtpoteddiesponErRioher &rath 6:Ghr36E) c%@})poﬁti&%)&iﬁ@m& of each group (delay
chain;idecimators and polyphase components) can be viewed as‘a window-add operation using an
input strideﬁt%geee sam Ie§. Th(—f Windowdcoefflcients used in the upper group are the odd indexed
coefficients, while the. finen Oroap. ﬁ%%ﬁ@%@&ﬁ%&@ﬂ%@%ﬁh%%ﬁ? & ﬁig‘fﬁ‘ﬁﬁﬂ?@r B(z). Hence,
for a group BFErBEHpEFEipd iR ime blodds posassphes Hul coremeschidheldidftentively resulting in
a downsanmipiegsef shfddforecsumhe BiYie aompdses siyaal franhdh ndobe deentiee(3@dnia Fig. 1) may also

be subsampipdrbyigsingpatiaticisubsanipled syuhasisiani b IReAP R H86aMsE. The use of a
smallew syifiesieutiapsiormratiess.gyen further decreased computational complexity. Depending on
25the cross-over frequency, i.e. the bandwidth of the core coder signal, the ratio of the synthesis

Thus embodiments generate the patches of higher order that occupy the upper spectral regions
preferably by computationally efficient SSB copy-up patching and the lower order patches
covering the middle spectral regions, for which the preservation of the harmonic structure is

25 desired, preferably by HBE patching. The individual mix of patching methods can be static
over time or, preferably, be signaled in the bitstream.

For the copy-up operation, the low frequency information can be used as shown in F ig. 21.

Alternatively, the data from patches that were generated using HBE methods can be used as
30 illustrated in Fig. 21, The latter leads to a less dense tonal structure for higher patches.

Besides these two examples, every combination of copy-up and HBE is conceivable.

The advantages of the proposed concepts are
e Improved perceptual quality of transients
35 ¢ Reduced computational complexity

Fig. 26 illustrates a preferred processing chain for the purpose of bandwidth extension, where
different processing operations can be performed within the non-linear subband processing



transform size and the nominal size Q (Q < 1), results in a core coder output signal having a sampling

rate Q. To prqocess the subsampled core coder sigral in the examples &,roh%q ' e;furrent
application, aﬁ"%éﬂgnlaip)%/g?s filter banks of Fig.1 (102, 103-32, 103-33 agﬂ{ ( -gg)/g]ﬁeed to scaled by

the factor Q, as well as the downsamplers (301-2, 301-3 and 301-T%30f Fig. 303, the decimator 404 of
Fig.4, and M@&ﬁ& iRletksriBai. %Bigoif Bsgricadepiiilisonks 11818304 8%%%@#%6%% filter bank

sizes are inte§ir< oMy bigki 94 ftfeshtmerkigblaviR36P they spactrant drarsadsh62bH; RpGnsposer
signals to thedspeetraltaradsief 15 eavbigiaatijesisraen dcequenaydtaiale irs a1 HFRephanced coder,
such 35as SRS QUES L6496 2009 lalasmaion achnal o GagioRAlauH sl oblects -
Part 3 Audigl. 6, JOGLSONE A AISIS grep alhe Isflency bands copprisig e envelope

led scale rng i

adjustment table, the so-c “factor bands, CO; etrequency range 26 wo
2011/11056@@15/2?,5%6% GBSS T SHTAR aisedgndt e Sthhars dorwinnuhish sssuRiderey ks. The
scale-facto#ﬁé‘ﬁﬂ@%&fr@ﬂﬁ{h@%ﬂequency grid used in a HFR enhanced coder when adjusting the
energy level of the regenerated high-band frequency, i.e. the frequency envelope. In order to adjust
the Ien;/eIomgsfﬂ%é@%gﬁ@mrw&%@tm@aﬁﬁmml IREKGERSLR d_@;rf&}{ the
scale-fgctog ; R t igna nerated by different
transpositio&rtl1 %gldiersl %ﬁ%ﬁ?@fé&%?%%?@%ﬁ%%m éﬁﬁ?%@%ﬁtﬁ%ﬁp%“ﬁ.g;%%%%facts may
arise if the Spaciral energy drasticall, CREFNYEXTS A8-VisHSPBradrBmSps et R4 der, since the
envelope atlfieMERPpOeBeL PRI AdHE S AR FIos gerarelliitiipdne Siglieffemtonchiand. Hence,
the proposédesisivs iyedspt therfriaguendyghofiterenfythectnanspose paignatasl 8p the borders of
the scale-fastongiansisuas shambdninig: MAChnnibadeuguihe bpRerhondsr eithemignals generated
by transposiigaRideredalin,anh 3itkadosh Ak a0 aieta SMAll AmP UL ORPRIEH 18,540, 10(0). In
order to a“%ﬂaﬁ%ﬂ{;ﬁ%‘ﬁ?%&’ org(()ecrsssgf tp%g,ragsst%%sﬁ\%lgn Lt%g%l SBE?;?’G ISling sc,aFea- actor band borders. 5
A realistic Scenario Showing th o?_en(tila artitac A JEGLmARG AP ieLisvalisNsted in Fig. 11.
Fig. 11(a) aJ5Ha¥otddnEoe camtorsist S eramek ndrderecetvs. #his)larimshamnelinndjsisrsibHER generated
signals of tFahRpWsidenaseaietom =of 3tendaisgdtherrwittietivdecomeddcolepehdise bandtsignal. Fig.
11(c) showspienenveiopatedjvsied signskwhedea fiat forg etenuplopss imassamadikhghlocks with
checkesed avemsmepresentsaalestaciauband st highA0 R RhantheRsvANaIgRs,Which may
cause ano%ﬁ@&i%ﬁ@%ﬁ%@ﬁ%@éﬁﬂﬁhﬁ ‘ élzrﬁlflzlustrates the seenario of Fig. 11, but this time using

a) shows the scafe-

aligned borders. Fig. 12 ale-factor band bor 8rs, Fig. 12(b) depicts the unadjusted
HFR generated signals of transposition orders T=2, 3 and 4 together with the core decoded base band
signal and, TRc2BliereanitH 454 finady, ariguts 2 dyashienses wispah visib evhidiu stedbsigs dendvedtla flat target
envelope isxtssiomebl Asnspwitifroficthis fighirendhérendre cigenleufpat oy bassds with Righ intra-band
energysvariatigasehivadmisatianseetaisthecasshased signaldapasand tbe seplgfagior bands, and
hence the pajenthariels, a1 a0 a8l e3P H R HRICSHR% P HRL Qi g 1 imiter band

borders, as neigg&n%c‘i in e.g.

In the Fig. 26 embodiment, the analysis filterbank performs a two times over sampling and
30 has a certain analysis subband spacing 1060. The synthesis filterbank 1050 has a synthesis
subband spacing 1070 which is, in this embodiment, double the size of the analysis subband

spacing which results in a transposition contribution as will be discussed later in the context
of Fig. 27.

35 Fig. 27 illustrates a detailed implementation of a preferred embodiment of a non-linear
subband processor 1020a in Fig. 26. The circuit illustrated in Fig, 27 receives as an input a
single subband signal 108, which is processed in three “branches™: The upper branch 110a is
for a transposition by a transposition factor of 2. The branch in the middle of Fig. 27 indicated



[ISO/IEC 14496-3:2009, "Information technology - Coding of audio-visual objects - Part 3: Audio] to the
harmonic patches in a HER enhanced coder. Thedimiter operates on frepql+§él§%19%g3%?ﬁhaving a much
coarser resoldi3AHAN ML scale-factor bands, but the principle of operation is very much the same. In
the limiter, an average gain-value for each of the limiter 35 bands is calculated. The individual gain
values, i.e. the'8RvTopa Epnpesitinadr aikanspesitior Ssta of IhanddhedawerdrapahiisFizehiot allowed to
exceed the fmitérenspositye Jain twalspedijom Greotheliv anebitdirlicatid plcativentaaianefha mhjective of the
limiter is to HuppressHargewaiiaiippsthtberasaiesiasied pancaringmhinenghBf ihedipniter bands.
while the adapien-4eaRdd/ H0aRR e FRRAMAIO BLINGUANSARR genelaled bands to
the scage-faeqé% B?Eli’u% ens restmE.y ¥arit%tionsdof th,g int a @r}: energy Within a Scale-tactor band, the
adaption of the limjter band borders to the Trahspoeer BAAd bt d&EEE St Heiiient
invention, REIROSHOB forglr dewre Brgarhy Hirdsaraktpewidh ithindientsh b dhprymdbsseih bands. Fig.
13(a) showsdtheksretpidadellindifizo LBt nddFRugpnetateficign Al sroitdinspoShionnsdessids2, 3 and 4.
The energyoleveslsnd theogifesen innspasedisignalsanios suhsiantal/y.differeat migida3(b) shows
the freqUe%%BﬁssiQfﬂ%Jﬁ@E't?lr{)\‘)/,hi‘?bc%?&%%é%@fcﬁﬂﬁ%?%%@Qﬁ%laﬁd%99%@5?.' [equency
e e O B el AR o e A e
remaining Iiﬂ:it%r borders aré récalculated 16 maintain e Ioganthmic FaIg ipIWs g W 10
possible, adtSFaRS MM WISk A it B SaTEs battnenagREs O e i Je drichimes b mabeitibed in the
context of dH'sibpe atubands spreinzh Bherréers. atipec tbalso s Séntharde Beyiptontioftheheorresponding
method, wherbysissddiant ghevice aorrespondasttiactatiodiste pankdenity e ofadmetivad step.
Analogously, aspects described in the context of a method step also represent a description of a
correspondy karitem:ar feature-of a-correspending apparatus. ;15 Further embodiments employ
a mixe%opgﬁ?:}gin gio gﬂ%%%é?&ﬁ%hg% lséh%\?v%%ﬁoﬁ ﬁr@ﬁ%ﬁﬁé‘fﬁéﬁ ?ﬁiig)e pa ¢h Fﬁfb“%%"es%%% ithin a time
block is performed. § f é]?gé‘@@iefﬁéiﬁfﬁ%‘@ﬁ]i‘%‘@’@ﬁé“ﬁ? throphisica subiand N Eomprises
several pattieairsis Biterraknyrarspritpe St of d isighiaimdssdaiionefaiotbis Wthinhthietbhase
vocoders, whibh hlekicxtadipdistehiosatenthie@0petoeptual quality of transients. Thus embodiments
generate the patches of higher order that occupy the upper spectral regions preferably by

computAonails e MR con LRI AACING AR S BRGNS SREiI g middle

spectral regjqns, fer-which the preservation of the harmonic structure is eswga? pref .Irkably by HBE
patching. %@i&giéhgf%f)%eof{%éstc%%mtbr%%%oo st}é%rgggfgrg?ét%% {fRASIBR, BrébsraBiyYe signaled in
the bitstreal P8Rt REL B BHPeHeFloH? W sratssiamey infoemsaeTitiearfasesetiadshshown in Fig.

21. Alternathiedprapeh dadis-from patches that were generated using HBE methods can be used as
30illustrated in Fig. 21. The latter leads to a less dense tonal structure for higher patches. Besides

Droposed caants A adonal
Complonity P s be senid R BB LR %ag'%f%r%%%é?%%w SRS tension.
where diffeéhigf"f)eroc Cé‘iﬂ'f’é 6@&@1?5&85&%@@#0%?%@3%&% R GARIProsimilan BauRBastocessing

calculator 1804 of Fig. 18. Furthermore, each branch has a phase adjuster 124a, 124b, 124¢

and the phase adjuster can be similar to the phase adjuster 1806 of Fig. 18. Furthermore, each

30 branch has a windower 126a, 126b, 126¢, where each of these windowers can be similar to the

windower 1802 of Fig. 18. Nevertheless, the windowers 126a, 126b, 126¢ can also be

configured to apply a rectangular window together with some “zerc padding”. The {ranspose

or patch signals from each branch 110a, 110b, 110c, in the embodiment of Fig. 27, is input

into the adder 128, which adds the contribution from each branch to the current subband

35  signal to finally obtain so-called transpose blocks at the output of adder 128. Then, an

overlap-add procedure in the overlap-adder 130 is performed, and the overlap-adder 130 can

be similar to the overlap/add block 1808 of Fig. 18. The overlap-adder applies an overlap-add

advance value of 2-¢, where ¢ is the overlap-advance value or “siride value” of the block



WO 2011/11050028PCT/EP2011/053315 indicated at blocks 1020a, 10206. The cascade of
filterbanks 2302, 2304, 2307 is represented in Figz@6 by block 1010. Furthermore, block 2309 may
correspond tov%?e"r‘r'féﬂfgqf@o 1020b and the envelope adjuster 1030 caif bE ﬁl}é&gﬁ’ﬂétween block
2309 and block 2311 of Fig. 23 or can be placed subsequent to the processing in block 2311. In this
implementafisfectprs biladl ¥8eliéievang tbe essilg-afdite Moogssethdimasdosmbitpaipnalaueh as the
bandwidth éxtérdesbsifmatis:pErfoanedsindhesiisadompin iathaiiRann dhe.supbapddgmain, which
exists befor&k@@@ﬁiﬁ@i&éﬂ&%@ﬁm%ﬁﬂe&sﬁg ﬂﬁédlal%éﬁtiﬁﬁﬁg 39 RRRALANS @r&%ﬂe@}'“% a bandwidth

extended a R ut SI al corda ce Wlt eBF embodiment.
%Qaﬁlﬂ&aﬁ{%fgr% é??aéi? lg ?ﬁ erzb d]é. Su WL R A i &2 EBBSAY processor

The ap[glarat cognirls

1020a, 1020 & Subs&at %rﬁtlvpc%ﬁﬁt@c%dsgﬁ%ﬁiﬁ S’E?ﬁi@tépi‘bgﬁeélb%@i%ﬂwsgﬂab@dﬁ@hlgh
frequency ré%&%@ﬁb%%é@%@%ﬁ%tmwm Hatjratadop fgoisaubtiontparafhiziel's as, for
example, inpi#0at parameter line 1040. The envelope adjuster, or as generally stated, the high 15
frequency reconstruction processor processes individual subband signals for each subband channel

and inputs medgrmﬁglﬁu&lgaﬂgc@g}%agp d channel |nto a synthesis filterbank 1050.
The sy, %thes% {ilterbank 1050 ec its g\??/ler C an?n °§Frnb§ iﬁﬁﬁb %sentatlon of

the lowband-Core dSEBREF Agfhaf %‘B‘gﬁ&nﬁ é’ﬁ"t‘FFéS?H’ibI@?n@ﬁiﬁtl% MF| ks é%mpal% be derived
from the outpRFENSIhis %&%@fﬁ@ﬁ@%&@@x@eﬁ@.@eg@m@;nﬁm@m abbamerdignals are fed
into higher fittéeekcrariaéls whithesynds ésisiitierbpmcdor oetfonnghigh HequRBGY fRconstruction.

The filterbabilsckQSehéimafhysoppipdton iEanppRser Qgtgt{g}i&g{@jsvagﬁ&g%omsgo%%\gémgrextenS|ons

by transpositigihiastets.d, & o keslgéSO IS.no. 25 longe
bandwjgth- mg&grgo réégs%ar%% ?3{?%‘? fg%%g%%?qaﬂtglﬁ% ¥lllea§t re uetrﬁ)cy or’fﬁntﬁ(—:g‘:i:ereg Ber signal

corresponding fo the lowe F’requenc eé?%%%?ﬁ?&d@?gﬁ%?%ﬁﬁ%ﬂéﬂfénln the Fig. 26
embodime eﬁ?@%ﬁﬁ%?ﬁﬂfé?%&ﬁﬁ‘ﬁé%ﬁﬁ?r&% times over sampling and 30 has a certain analysis
subband spacing 1060. The synthesis filterbank 1050 has a synthesis subband spacing 1070 which is,
in this embbidineeat, tﬂﬁdblﬁzﬁé&:ﬁf&r@frm@a@nﬁﬂ%i&;aunb@”@hﬁnﬁé&!a%ﬁ%% r@%'&ﬁé&gﬁf nsposition
contributioragmly h@@%&%@&%@%xﬁaw&%ﬁsﬁ&s@i 19544, i”é‘s” lesa, d&}"""d

implemgent od|m Nt ofan Ilnear su proc &ssor Zeéaln ig. 26. The
circuit |Ilus%ﬁaimed$9|%£%§2%7mr gbgfve%s a5 am smg e sa‘Beg%‘hf‘aE% é?l Faﬁ%e I|:ﬁtl"}cessed in

three "branches = The-tige? BraRd ﬁ%%?@ﬁ%ﬁ%%ﬂﬁ%ﬁ?%ﬁmwsfﬁmh@f 2. The
branch in tRESnTEEEPERcd FamElentst cvaIRY 10/ 10BE00RSRETY ERD Ot 140EASES bt 10D is for a
transpositiahsy adiusters fbsitiepafactandivdyaindiibednverblasch iRffiemed isdasadraasposition by a
transpositiale faicter @b g iprisatathay r@‘@g%ﬁymg{%;ﬁgg AP YR g the %%t%%é transposition

obtaingd bygach, n, onl o tran osmon for branch 110a. The
BI&C%@Q %&L?f{rgg%réoc ngélrgg e?ei/r?mé} |ﬂus] %dwl%1 £ 3 5P MEY e dium branch

actual tran%RP |t|o%

110b is equa he actual transposition for the lower branch 110c is equal to 2. This is
indicated by the numbers in brackets to the left of Fig. 27, where transposition factors T are indicated.
The transpstidpdsktastantP i riepradented finstttanspositiotkoeimiribitionxehiaineddpdaaving a
decimationsapgiratimdspiibiag chesihtfby %i@wa&&@&%&&%%%ﬁ% t@%o‘ﬂ‘é&@f%ﬂ gelg,processor.

The 1@ se IDetign,ohe- dhe Soibli | obtaipe th ntheS|s
filterbank 1%1[!@1\,\%& has aq%ynth%?s subg%%sﬁﬁﬁcg?% r‘51 gr%%]\%lt%%ls %}g Ry éagg filterbank

subband spacing. Therefgre, Sinte the eyrthesi& TS e FaRofhertithe ditpteara fibband
spacing, a W&? m&%ﬁ%ﬁé&.ﬁﬁ%fy‘%@% W&%M%ﬁﬁ%@ﬁdﬂ@l@@iS@émﬁliﬂ@b however,
has a deciffadering o aitsurend wivtmgit@nsposition by 1.5. Due to the fact that the
synthesis filterbank has two times the physical subband spacing of the analysis filterbank, a
transpesitignastepalidic.obiaingdas ypgiaaa@éiﬂ;a@@de%@%m%%f&&ﬁé?%&@% qyxft%gf for the
second br%ﬁﬂ&&%ﬂz%ﬁéo&%s%dtgﬁww Ql'isagrce ﬁngﬁ'y sucbipef":%I.rrnnpa(l)trlvg)c{1 uslfgg c;ger%p aCO esponding to

a transpos
P {th Q( 130, where the overlap-add advance or stride value is two times the stride value of the
block extractors 120a, 120b, 120¢ as discussed before.



factor of 2, and the final contribution of the different subband spacing in the analysis filterbank and the
synthesis filte i corresponds to a transposition factor of 4 of t ' r 110c.
25Particu|ar|y§5)§a9é?f}ti%§!;r%:h has a block extractor 120a, 120b, 120c and9 ggﬁ?%ﬁf?éggg block extractors
can be similar to the block extractor 1800 of Fig. 18. Furthermore, each branch has a phase calculator
122a, 122b and 122c, and the phase calculator can be similar to phase calculator 1804 of Fig. 18.
Furthermoréteatiadmnt pohwsi sephasthedifosterctidgankRdly, dgit anditiieyiitast slister can be
similar to thephasenadjcistesiB0bafcbigr i thrimore: fash Boarmanghdasayindover 126a,
1266, 126chiheigieacnel thgse widauaiseanbe sian o ir NG ARG Flo- 18

everthele ccana configured to apply a rectangular window
togetht—?r wi?gb}%}% (\eﬂ k%g@g‘é{ §§§ mSg% Sil’iﬁsem{iréﬁfs}éng%egrs glg?é@aﬁ%sn% sl?ﬁ)?w%eé’é%%eg%@??rfl%a, 110b,
110c, in thé@?ﬁﬁ%ﬁﬁ%gh? Ehyazpled sppth frectie"aider 128, which adds the contribution from each
branch to the current subband 35 signal to finally obtain so-called transpose blocks at the output of
adder 128. Mhenbatinpnerkipeaddaproted e digtissavestiepratiseid LalisspeMERNeagakd the

overlap-aderndist epaig sivalayr Jeithe pueslapiads 9}@@&1808 of Fig. 18. The overlap-adder applies

an ovgyap-add advance value of 2.e, where e is the overlap-advance value or "stride value" of the
block WO 011/1)1]‘3050(%3 PCT/EPZO%#?% 15 extractors 120a, 120b, | 20c, and the overlap-adder
130 outputd The tranehosed SioRd M 18 %gemﬂ?ﬁ?éﬁ%‘ﬂfﬁi@f%‘?,}g: Biggperdebbartd output for
channel k, F824brierBechFr&irtiyosdEe pfder soriensrdnaimeat frnecpen s iogittisteatbe in Fig. 27 is

performed ferrelnéh hnalgbistdwbteantior foveivpenthintgeny frabanglydic sidbberdstarekaas illustrated in
Fig. 26, trafeposedndrsLitbantigionals eradnput @@M@%@f&l%@ﬂ%@ﬁ%f&&é&ﬂgﬂ being
processed hysplagc3%adialiohiel e tansnaser QU idal Jlystiated n Flo. 26 at the output
of block 10%% L%ggoer}ggt%}g ent, the block extracCtor 120a of the Tirst %ransﬁ%ser branch 110a extracts
10 10 subban samﬁ’les and'subsequently a conversion of these 10 QMF samples to polar
coordinates is performed. This output, generated by the phase adjuster 124a, is then forwarded to the

windower ¥2eamivhisteuixetateisthamstipliidymsiog Sécptaealitet dunsldhtael sisiiakos! of fixe block, where
this operatigadsatbptilaternfttio HHR wethasie)siRaoying Wi sl INoMALMIRdRYSE lgneth 10. The
block extragtat d2Qad bransid Hla.gres natnetumiaderinaian ée%]&%?f&ﬁ% Higsgmples
extracted %g@gﬁ%%&g&%p%ﬁﬁomap ed].lnt%ralbg Eg)ét;gecg%gfg gkuln t g %??me sampfe spacing as
they were %xtaacte H%%/eve%t IS IS _Hllﬁeren or branches B ana T G URELIgE B tractor 1200
preferably Bss g WABRLIS ERg rimeeaPeiStributes these 8 subband samples in the
extracted 20 block in a different subband sample spacing. The non-integer subband sample entries for
the extractéd bidekiareibistetined Bynhimédtespalationm e teichimabiaipedifdMysamples together with
tThhe interpolatedsamples _i@ﬁ%ﬁﬁ?yﬁrﬁqmwﬁfoﬁqﬁﬂéiﬁﬁﬁﬁﬁwﬂa&ﬁ&é %feeééd%?ﬁ@%éﬁﬁekphase agjusr:er-
en, agai [ erformed in order to extend the block output by the
phase adju%%f?%%ﬁ%‘%s%%%{gg\%ﬂ%@?ﬁ%@%&%ﬁﬁ%@%ﬁd the last 25two samples, which operation
is equivalent to a (synthesis) windowing with a rectangular window of length 8. The block extractor
120e is corfiiTsa sBPediipsBtFiER et imRRoskien trG satbarsitosamistegrasier performs a
decimatiortieia ducimieddedfaciooRiep@ tharspasiicoaversioreaf the 30 QMF samples into polar
coordmates and again performs an operation in the phase adjuster 124b, and the output is again

extended by ZetREemBOMAVEDOW: TQreL st HRres.SUBR %&%&ﬁ?ﬂ%&q JoL[he last three subband

; A n 4 3 TS gregte
samples. This operation.i uival nt%o a (synthesis). windowing with a rectangtﬁér window of length
6. 35 The transpogi%%%agﬁﬁgﬁ & o?rgearc %a?lag c#??ee ERPRGR & t5 T RS BINIb I QMF output by
the adder 19874 e PREE EerEltitputs are finally superimposed using overlap-add in block
130, where the overlap-add advance or stride value is two times the stride value of the block extractors
120a,35200) i2Gerambishuasadiefas@ombined transposition, where transposition orders (e.g.

transposition orders greater than 2) are created by replication of previously calculated

transposition orders (i.e. especially lower orders) including the core coded bandwidth. Every




WO 2011/11050031PCT/EP2011/053315 An embodiment comprises a method for decoding an audio
signal by using subband block based harmonic transposition, comprisin ctP;e f&l(;[%aéj"n%?j a core
decoded signa ?ﬁP&H@%’"’S‘ﬁ M- band analysis filter bank to obtain a set o subban §|gr?als;
synthesizing a subset of said 5 subband signals by means of subsampled synthesis filter banks having
a decreasedFeFBRE sPabisBHMR el waiplafrawpesitiopledss srdeomigadsigitals passiimbodiment relates
to a method*idcatigpsirictithe. spectral band borders of HFR generated signals to spectral borders
utilized in a parametric process. 10 An embodiment relates to a method for aligning the spectral
borders of thg HER.@8, ' t borders, of the envelope adjustment frequency
table co5mpg§in : t@gﬁ?ﬁﬁ%ﬁ%@%ﬁgﬁ%gﬁ%ﬁe{rg ?r{)i% e?('}emn%i%geg%edﬁ%s ?n%nlfcﬁégrqiﬁgeﬁr’]%ry table that
does not exceed the Tundamental DanatvrrF it S SFREHSER generated signal of transposition factor
T; and 15using the found highest border as the frequency limit of the HFR generated signal of
transpositiofyfaetendimenhrelniésodimeppratasdortgeacmitp obdodvaligningdhe shestmbharders of the

limiter tool taghesfiesigabibostipriiaf thedithér Gepaaled SiganalscaNRHING: mﬁq@@ frequency
borders of (.0 i usaeraled.sianals e RPle.alagIRIs dsedeD clsaling (e requency
u e

band bgrde by the limiter taol: and forcing, the limiter s€ the ac _frequency borders as
constgr?t bo%é?%sgg%c %pgrﬁfﬁtﬁsot 6@%{%@%&%&%3@8%&%&5&& BiTSyatcRe sigmsbbigsareiedates to
combined tFMEFoStIH HHLh RS R thoiading bed sienads pmsgeedrsinpositiond orders in a low
resolution fRE&HE AR erenthisar frnspoditiing dpdiationdsedaifoained b sisadlocks of subband
signals. A fpettiexd eiplb dimigsibiblobesdo abmbines angposition, where transposition orders greater
than 2 are embedded in an order 2 transposition environment. 30 A further embodiment relates to
combined: tragspasition. ywhere-transposition orders greater.than 3-are embedded in-an-order 3
transp?)?sitio%%%&?%%%%%%%%gg%ﬁsiﬁanggp&aﬁ?gﬁ or é%én v%%?a‘r?nﬁ 1 pittifned separately. 35A
further embao%ﬁrr%enti?glg?gg%cc%%ﬂ%ﬁl595ﬂ§ﬂo§}ﬂ6‘?’?‘, B Hshiss slantiBiserete.g. transposition
orders gredtEFIPRin ke @eergampy replication of previously calculated transposition orders (i.e.
especially lower orders) including the core coded bandwidth. Every WO

2011/11050082R6 T3 6R2A 1053243 pRnceiebipcambinaien ol aualahle:ipnspasiion orders and
core bandwidth.is m%@l&wﬁ@g&g@ﬁgﬁg&% orSR.gmbodiment relates to reduction of computational

complexity due to the reduced humber

A further embodiment relates to a preceding apparatus, in which the input signal comprises a

patching information; and in which the patcher is configured for being controlled by the

patching information extracted from the input signal to vary the first patching algorithm or the
25 second patching algorithm in accordance with the patching informatién.

A further embodiment relates to a preceding apparatus, in which the patcher is operative to
patch subsequent blocks of audio signal samples, and in which the patcher is configured to

apply the first patching algorithm and the second patching algorithm to the same block of
30, audio samples.

A further embodiment relates to a preceding apparatus, in which a patcher comprises, in
arbitrary orders, a decimator controlled by a bandwidth extension factor, a filter bank, and a
stretcher for a filter bank subband signal.

35
A further embodiment relates to a preceding apparatus, in which the stretcher comprises a
block extractor for extracting a number of overlapping blocks in accordance with an
extraction advance value; a phase adjuster or windower for adjusting subband sampling values



5of analysis filter banks which are required for transposition. An embodiment relates to an apparatus

for generating a bandwidth extended signal from am input audio signal, ising._a patcher for
a,7.080¢ RPN AR

patching an input gil}&i%]sé}?gnal to obtain a first patched signal and a second patched signal, the second

patched signal having a different patch 10frequency compared to the first patched signal, wherein the
first patchedPSfRAIS HRased arcrivaiay Amatiop arnigsargoreatinn andianevedephdiprduhed signal is
generated wsiymizesoadiatedihgredgsiithnf vndbacombinessfadjsaadtiniag thiadisst patched signal
and the secordpaibhec sighatiarbinin the-kansoidivaxenggd signal. 5A further embodiment

relates to this apparatus according, in which the first patching algorithm is a harmonic patching
algorithm, second patching algorithm is a_nqn-harmonic patching algorithm. A further
embodigger??re a%se% é‘}lnr%%e%lﬁé% a?}ﬁ)%p_ré?gﬁ%a}t}lﬁéfv?/ﬁéﬁg[‘ﬁ %‘s"?ﬁ@&%%&&m 20is lower than the
second patCTRI TG GHEy kit Traas feaufiesignt sunbisncesraennlsd phbeediiiggapparatus, in
which the idpgtiegignaf disferprisebtasnuttirgonsfinpatiossiand farvn inib el pitelienis configured for
being contrdiféalebyrihenpaldiing bafar pratiaromdeactadnl amdha i npubsionallaivan:thedist patching
algorithm obibedhssesgndRalsinaalag iim inassaasre e palkhing ploimation. A further
embodime receding.apparatus,.in which the patcher IS operative {0 patch subsequen
blocksOl 'ng] a’&%%l@%ﬁg?@% pﬁié’q%ﬁfﬁ%&v& ?CE}]&I}%BT%‘?&SS resrt?soggaﬁrfiau?%"f%letgﬁﬁwg #¥dionatching
algorithm aﬁﬁ“ﬂfe second patching algorithm to the same block of 30audio samples. A further
embodiment relates to a preceding apparatus, in which a patcher comprises, in arbitrary orders, a
decimator cbfifrtitechibpditan didtitheaieppipmiaiofoaniiiaphans ahaistkechapiona filter bank
subband siga@ladid briherembpiiment fﬁ@&&@ﬁmﬁ%@&gﬁ&%ﬁﬁs ﬁlt\é‘éhéﬁﬁ jhe stretcher
comprises abifslcAtarloLianaagiing aamber of ovstianing blcks ip acgordance with an
extraction advance.value: a phase adjuster or windower for adjusting Sbahd gmpling values WO
2011/1105%&?&%@ 9811/053315 in each block based on a window function or a phase correction;
and an overlap/adder for performing an overlap-add-processing of windowed and phase adjusted

blocks usingresmdeéizptadventemapmgredisrdhandhelivxtiacicn sguaneenity: a first

filter bank for generating a plurality of subband signals from the audio signal, wherein a

20 sampling rate of the subband signal is smaller than a sampling rate of the andio signal; at least
one synthesis filter bank followed by an analysis filter bank for performing a sample rate
conversion, the synthesis filter bank having a number of channels different from a number of
channels of the analysis filter bank; a time stretch processor for processing the sample rate
converted signal; and a combiner for combining the time stretched signal and a low-band

25  signal or a different time stretched signal.

A further embodiment relates to an apparatus for downsampling an audio signal by a non-
integer downsampling factor, comprising: a digital filter; an interpolator having an
interpolation factor; a poly-phase element having even and odd taps; and a decimator having a

30 decimation factor being greater than the interpolation factor, the decimation factor and the
interpolation factor being selected such that a ratio of the interpolation factor and the
decimation factor is non-integer.

An embodiment relates to an apparatus for processing an audio signal, comprising: a core

35  decoder having a synthesis transform size being smaller than a nominal transform size bya
factor, so that an output signal is generated by the core decoder having a sampling rate smaller
than a nominal sampling rate corresponding to the nominal transform size; and a post
processor having one or more filter banks, one or more time stretchers and a merger, wherein



5 A further embodiment relates to an apparatus for bandwidth extending an audio signal comprising: a
filter bank for fjltering t udio signal to obtain dawnsampled subband i - & plurality of different
subband procgjé)s%)rls% %(ﬁ%‘?ocessing different subband signals in diﬁeren?%ﬁrﬁ%{:}é’?:’tﬁg subband
processors perfqorming, different subband signal time stretching operations using different stretching
factors; and' i ?ﬁé&g?rrﬁ@?’ém%&%&@@&%&%éﬂéﬂtbﬂg‘ﬁ%ﬁ?@ﬁﬂﬂrmﬁﬁ@m@rem subband
processorsTerdistaahdsieraasdiy s aenitetitausfionigaal. A further embodiment relates to an apparatus
for downsampling an audio signal, comprising: a modulator; an interpolator using an interpolation

factor; a complexdompanndiionARdo:R ABEIIRALRS WHine:3-Jaqinalion fagiar. ?;%196 decimation
.al

factor ig hi t [ ' n embodiment rejates tq.an aratus for downsampling
an audi§o s%%%i%%?ﬁ%@s?égi%%%%éﬁiﬁ%@a gener 'ﬁ:g%g b{fﬁ%sﬁﬂ%igfs b&RFSiG1ESs from the
audio signal. Whereih & 20 R FRco hn S Efh BeRessHin Sriers s forpdineraiviiting rate of the
audio signdf<itr Bas ey frie §smrieand dakdtasiowksdely thapateh igsistiite isranfigard énforming a
sample rat@etnvergite nhiigignthdsis fittérbabichatiaganisniiehchamelsgiffeentfrom a number
of channels obitke Bnalsisdilienbanlk, Adtine.AlalChPIREESRYfalprocessing the sample rate
convegted signal; and a combiner for combining the time stretched signal and a low-band 25signal or a

different time Se%%%%ﬁr%gn ign. eIS {A further emhodiment relates to an apparatus for downsampling an

audio signal by a NON-integer doWNaarApINT ?éBES??%B?%bP&.ﬁB@& Bt ahly cOmBRE®B Hlator having an
interpolatioPP It ESPeEEh T sradatiskrmd el 201y vdreailod daadeidine salstidvator having a
30decimatierytiordiesineegrbaitr thalinieptevpiolatidinfantat vihe dicinitiantianistagnt the
interpolationifaeiatieiagsaieatothsuatithaim migel helnamneaipndacionand lagfgsimation factor
s nondnteqr A RRAFIMER R R0 AR APPRANS IRARICEE RSN A audio Signal, gomprising: a
core 35 degglqi%lr~ Qe%\’{]ié'le% g‘ﬁ%@@ﬁg{g&@ns orm §Eize being maller than & noninal transiorm size by a
factor, so that an output sI el eraarlltesdrb% RE"EBFeG&€oder having a sampling rate smaller than a

T
is'gen
nominal sampling rate corresponding to the nominal transform size; and a post processor having one
or more filtéhH BTRBL Yrisasessivgdstivedub fre oihersing audioveryer thwheheim A¥dwidth
2011/11050084R6 FAROEWESEB] F anrpebalpefdifietbankichan prls ofdbe png.ermore filter banks
is redu@ediﬁ%@@ﬂ@ﬁ&%ﬂﬂ%ﬂﬁﬁ@ﬁﬁ&@%@éﬂi&%@&%% m@@%ﬁﬁggorm size. A further embodiment

relates to an apparatus for processing a low-band signal, comprising: a 5 patch generator for
generatingl}ppu tli%%Patches using the low-band audio signal; an envelope adjustor for adjusting an

envelope of the SiGhATTERR] SRS Ale il irarfrer atiskarn s inmplsrr it asrrd s cale factor
band bord&f¥IsHhER e Fate RFEhrsiararw e aRpbltired for performing the multiple patches, so that a
border between the adjacent patches coincides with a border between adjacent scale factor bands in

the fregueTty sealile &rodesbadiv it ais SIoOsRRARRAEAIHIOLRINRE SRIRAA lgviRhand audio
signal, compHsiife®on a transmission medium such as a wireless transmission medium or a wired
transmission medium such as the Internet.

Depending on certain implementation requirements, embodiments of the invention can be

30 implemented in hardware or in software. The implementation can be performed using a digital
storage medium, for example a floppy disk, a DVD, a CD, a ROM, a PROM, an EPROM, an
EEPROM or a FLASH memory, having electronically readable control signals stored thereon,
which cooperate (or are capable of cooperating) with a programmable computer system such
that the respective method is performed.

35
Some embodiments according to the invention comprise a data cartier having electronically
readable control signals, which are capable of cooperating with a programmable computer
system, such that one of the methods described herein is performed.



patch generator for generating multiple patches using the low band audio signal; and an envelope
adjustment limiter, for I|m|t|ng envelope adjustmentalues for a signal b WEQ!% acent limiter
bands havmg‘ﬁV terhand borders, wherein the patch generator is configure %l%?%glerformmg the
multiple patches so that a border between adjacent patches coincides with a border between adjacent
limiter bands in a frequency scale. The inventive processing is useful for enhancing audio codecs
that rely onGeraaiiidthodiaentiofitbe hemet iEspiomtiy) Heamdptisnakipsrceptipatapadiyaat a given
bitrate is hugkdg@ﬁwmp@piagiama)datmqaﬁ@mﬁmmb@ﬁmﬂf@m WREfSailidedrggource. Most
prominent ME@@%%@&%&Q%?Q&%%PH@M&%% rg0isd R andaidevices and
coded au

thus opgratg on g battery power s%ﬁp¥ The inventive en iosigna canaﬁ’e stored on a

01 a,11a S Tea
digital storage & edium or can be tranarii aeon a-fransmission medium such as a wireless
transmission medium or a wired transmission medium such as the Internet. Depending on certain
implementdadar eRifimesitsomprisotieventy itk thegnueftiomrtamibg 86 ifthlemeiniéd in hardware or in
software. Thedriiptemehasiordandiraparkornemdigsiigen digital storage medium, for example a floppy
disk, a DVD, a CD, a ROM, a PROM, an EPROM, an EEPROM or a FLASH memory, having
electrapically dariabla.cantielsignalssRred erson. ich gooperate. for,are capable of cooperating)

with a programmable computer system suc the respe(’: ve method i ]f) HOMMED. 35 Some
embodimer® 2&birt °ﬂcg WE%H?Sﬁgébﬁ‘am% %Fh%?&’ébé’@%rﬂ@ally readable control
signals, Wh?@ﬁlﬁﬁ*’@%ﬁ%m BrEOBpEPAIMEEWIth a programmable computer system, such that one of the
methods described herein is performed. WO 2011/11050035PCT/EP2011/053315 Generally,
embOdlmeDi%@fﬂé}%zﬁﬁ%ﬁﬁgd%ﬂé'ﬁﬂ&ﬁ%}ﬁéﬂmﬂ@@%ﬁ)ﬁsaad%%?ﬂé?fo?r@&'ﬁ?{ﬁ product with a
prograyp cog&a %Qgggﬁagg ng’%g r}ga(agnefgan erfcggpﬂn gone of &F %ethods when the

computer pra%ram ct runs com uter ﬁ) ey Tor BexanpiEBE stored on a
machine reAdabie cérl?F ITOe P ER %.m%h?éscd&% @%omputer program for performing one of

the methods described herein, stored on a machine readable carrier. 10 In other words, an
embodimert B thee imbodiivenheéthothvsptivereétre] &, dameforten fragtanmhavinggaspeegram code for
performing inalstdhesenethatis degeiibetbersin: pwhemhe 6&@@%@&@%@5@3%&0” a computer. A
furtherpmaginertcokliSuenive @&E&%%f%zéﬁ%ﬁ@ﬁ%%ﬁe% CQUISLELALQN! S storage

Vd*a

medium, Ol’tr%nC? ?ﬁjter ra a le medi m comprising, recorgae ecomputer program for

e ﬁoés%mscﬁ%l%l ﬁ%l}%?n Korhe

performing one of the me rf’gfefhe inventive method is,
therefore, a data stream or a sequence of signals representing the computer program for performing
one of the MétHderscabediinad R01prisesia pRsestagastmalinr ordhplsequepsenbsignals may for example

be configursdgiartedshrisfatradiviacadaiadansnuprtioneoRRecieor fBf Axamplevigihe Internet. A
furthepembggiment comprises a processing means, for example a computer, or a programmable logic

device, configured to or adapted to perform one of the methods described 25herein.

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

30 Insome embodiments, a programmable logic device (for example a field programmable gate
array) may be used to perform some or ali of the functionalities of the methods described
herein. In some embodiments, a field programmable gate array may cooperate with a
microprocessor in order to perform one of the methods described herein. Generally, the
methods are preferably p‘erformed by any hardware apparatus.

35
The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in the art, It is the intent, therefore,



A further embodiment comprises a computer having installed thereon the computer program for

performing ong of the methods described herein. 38 In some embodimentsT,fﬁaP o ggtg?smable logic

device (for exzylvrf(]}p"'lﬂe1 ey programmable gate array) may be used to pe?r(f(.)rm some or all of the
functionalities_of the methods described herein. In some embodiments, a field programmable gate

array may cOdI5SEHetARS h IBFoi5RBE £5 St imnsrdira paratelsime sedofotey thetpodédésaiibed herein.

Generally, thessiéth dolsvarepiederintiy petfophediby ehpeharthwanenapipasaius. 35 The above described
embodiments are merely illustrative for the principles of the present invention. It_|s u_nderstood that
modifications;apghyariations of the arrangements and the details described herein will be apparent to

thers skilled-in t i intent, thergfore, 2011/11050036PCT/EP2011/053315 to be
I(i)mited %ﬁlly %thﬁ%%é?’om@?%ﬁg’gé Ny bngtgr}ﬁ %Iﬁ%ﬁ%z and f’ﬁg?loé/)aﬂ%?%ﬁﬂﬂndéf&@presgnted by
way of descHBIRHHACENPREEIontD! tHE b bartrennierish Meral#2: 5[1M. Dietz, L. Lilieryd, K.
Kjorling and¥. Kuh2eBprschabdianehRBlicatiGhPR novakapprdiachdecandidigieding,” in 112th ABS

Conventionpivdaistiny/tay200P:i §2ASr Mk wendR1B ebRMNG:F Hans S SBR apbanaediadio codecs for
digital broadgastimg such as "Digital Radio Mondiale" (DRM)," in 112th ABS Convention, Munich, May

2002. 3 Ziegler ret, P. frand. an Lutzlcy, "Enhancing mp3 with SBR: Features and
Capabjirlﬁi([asin% I?h%@érﬁrg BROA gﬁfﬂ%ﬁf“ ?ﬁ%%%ﬁu%é$ g%%\%’ﬁ’ﬁd’f‘ﬁ%\ﬁ'ﬂ ﬁ%}f?{ﬁﬁz
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and M. Dariéisis. [Efforgien4iighded B0 DaHdvGidthooxEPBIoN of MBusicAIRCERe8AH 1N ABS 112th
ConventionIS@HRTIRIGESRaaY, M RADSHRI R Mid@siss pkalserad gl Puyeiies. A unified
approaghtqdpw=anFGIR M. Aarts, and M. Danessis. Efficient high-froquency bandwidth
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[8]  E. Larsen and R. M. Aarts, Audio Bandwidth Extension - Application to
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bandwidth extension method with novel transient handling for audio codecs,” 126th AES
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Grill, Bernhard; Hilpert, Johannes; Lecomte, Jeremie; Lefebvre, Roch; Multrus, Markus; Nagel,
Frederik; Neuendorf, Max; Rettelbach, Nikolaus; kobilliard, Julien; Salami, Redwan; Schuller, Gerald:
A Novel Scheme for Low Bitrate Unified Speech and Audio Coding, 126th AES Convention, May 7,
2009, Miinchen 20 38 Claims Apparatus for preggssing an input audio signal, comprising: a synthesis
filterbank for synthesizing an audio intermediate signal from the input audio signal, the input audio
signal being represented by a plurality of first subband signals generated by an analysis filterbank,
wherein alnumb&PBitEdSERICESIHISES BPh AN tifeels FIBPHEAR s smaller than a number of
channels of the analysis filterbank; and a further analysis filterbank for generating a plurality of second

subband signalsfrigmihes udiaintermediaie sighalwhereiniRefuttheranalysisdilirsbapk:has a
number of chan %ﬁ&?ob%%gldﬁ@@%&?ﬁﬁe\éﬁ%ﬂ%ﬁﬂpﬁg oL M%%?fat'g%ﬂﬂgf?éﬁr&“s%@%%% so that a

sampling rate of a sub pl efa‘bt% of second subband IS different from a

and sign signa
sampling rate of S SOBELRAPERATH the IPA BPTAEP SUBBAN ohSb  ApaRaes
accordance withtedaimthcsin Wiidanhés syritesshatirerpabi if ahaaclil gy Andiseridioaldiatus in
accordance withagtaim 1, in which the number of first subband signals of the plurality of first subband
signa|g is greater than or equal to 24, and in which the number of filterbank channels of the synthesis

filterbank is lower than or equal t0 22. Apparatus in accordance with one af.the, preceding claims, in
which the synthélséérﬁ]%éﬁélgﬁ'ﬁlfsgggfﬁ |gnL1fF£80r 5T Sﬁﬁ,nﬁr%é}éggl,h A §ﬁ%—r§%3%b%?%aﬁgﬁ%iss%%%and signals
of the plurality offfir8isBisHaSigiatecreprabersihgeatharsaabatiiskdasid BgPsr, 9o and in
which the synthesisfitietrank dsfGoafigivedier gereratinchtheckudichntemtiediatd sigmdl.as a band
segment of the fighhansyiskl inpusAMdiewiNakmoduiategia the drasediandsBApaaratis in

accordance with g of e, PIEGE! Eg%ﬁlgg‘i?afﬂ{éps{b%{ﬁ%ﬂﬁ%ﬁﬁé ﬁ:%ﬂ@f%%‘ﬁr@ltﬁfﬁl&ﬂﬁ for

receiving a time domain representa the input audio signal and for analysing the time domain
representation t6'8in the plurality of first subband signals, wherein a sub-group of the plurality of 39
first subband signals is input into the synthesis filterbank, and wherein the remaining subband signals
- of the plurality offisirsublhand sighals areinolkinpul inteviich Systhesis:fiiefiarmknbGsAppalatus in
accordance with.gne pfihg preceding claims, in which the analysis
20
3. Apparatus in accordance with claim 1, in which the number of first subband signals of

the plurality of first subband signals is greater than or equal to 24, and

in which the number of filterbank channels of the synthesis filterbank is lower than or
25 equal to 22.

4. Apparatus in accordance with one of the preceding claims, in which the synthesis
filterbank is configured for only processing a sub-group of all first subband signals of
the plurality of first subband signals representing the full bandwidth mput audio signal,

30 and in which the synthesis filterbank is configured for generating the audio
intermediate signal as a band segment of the full bandwidth input audio signal
modulated to the base band.

5. Apparatus in accordance with one of the preceding claims, further comprising:
33
the analysis filterbank for receiving a time domain representation of the input audio
signal and for analysing the time domain representation to obtain the plurality of first

subband signals, wherein a sub-group of the plurality of



filterbank is a complex-valued filterbank, in which the synthesis filterbank comprises a real-value
calculator for calculating real-valued subband siggals from the first subband signals, wherein the
real-valued subband signals calculated by the real-value calculator are further processed by the

synthesis filterbaplg %@Q@@igﬁﬁléwi%lﬂt%%as%%%@ﬁﬁ&ﬂaﬁp%%ﬁ%@h@ﬁg%ﬁéﬂﬁﬁg”ith one of

the preceding claims, in which fu r.analysis filterbank is,a complex-valued filterhank and is
contigured 10 geROrarS HEHLFANE B SRt AR S S BN S At e 155

Apparatus in acdBidbtite with one of the preceding claims, in which the synthesis filterbank, the further
analysis filterbank or the analysis filterbank are configured to use sub-sampled versions of the same

filterbank windowyghd-fipRaksteriihacsaitianeeowith aeceliie Nieseding ,eRiIME. fufhescomprising:
a subband signaypracepsor ée&gtlgﬁ%ﬁl'é‘@fg!&&! r?!ﬁ%&%‘%ﬁ@.%ﬁ%%@@% '&ﬁ}dc&%b'ﬁg%%symhes's
Iit sub h > the furt n

filterbank for filtering a plurali processe ands, wherein er synthesis filterbank, the

. ! e
synthesis filterb&FK HECHA NS HOE BARKEEPsHEH oI SHERS yass dkdng ﬁgﬁﬁﬁ?ﬁ@‘b‘ito use
sub-sampled vebsinis sfieis tmeclterbgdwhirndow corsvdrdraipiahbyfthrererlsyrvasisuidterban k is

configured to apgply fusyathrsisssdndonwihandwhsaieirithedulctherodnaly sis fliatbanterihelisynthesis
filtergnk or the gpalysis filterbank are configured to apply a sub-sampled version of the 30synthesis
window used by the further synthesis filterbank. 10.Apparatus in accordance with one of the preceding
claims, further comprising a subband processor for performing a non-linear processing operation per
subband t& obtaftPBAFIARRy WFHIdEEE WS B fdde3Breaetiagn g fe gile MEche Bisn &fthion
processor for adjushysg ahtdripok sigaalyhpked dnct diismittdd qpdrametdrsyratdo generaefunther

synthesis filterbyplefor cominingadarutardiosiapak anshihe plality of Sprocessed subband
signallsc,, wherein the high frequency reconstruction processor is configured for processing an output of

the further synthesis filterbank or for processing the plurali%, of processed subbands, before the

plurality of procesERIAHBRAS 1eRisur i P RSe Fu T eSritne ST BRil or SHRD the synthesis
filterbank, the further analysis filterbank or the analysis filterbank are configured to

use sub-sampled versions of the same filterbank window.
20 9, Apparatus in accordance with one of the preceding claims, further comprising:
a subband signal processor for processing the plurality of second subbands; and

a further synthesis filterbank for filtering a plurality of processed subbands, wherein
25 the further synthesis filterbank, the synthesis filterbank, the analysis filterbank or the

further analysis filterbank are configured to use sub-sampled versions of the same

filterbank window, or wherein the further synthesis filterbank is configured to apply a

synthesis window, and wherein the further analysis filterbank, the synthesis filterbank

or the analysis filterbank are configured to apply a sub-sampled version of the
30 synthesis window used by the further synthesis filterbank.

10.  Apparatus in accordance with one of the preceding claims, further comprising a
subband processor for performing a non-linear processing operation per subband fo
obtain a plurality of processed subbands;

35



Apparatus in accordance with one of the preceding claims, wherein the further analysis filterbanlic or
the synthesis filterbank has a prototype window fuygction calculator for calculating a prototype window
function by subsampling or interpolating using a stored window function for a filterbank having a
different size usipg;infarmation, 9.3 RHREH channets:fouthaifidrtheranalysisfiltesankor the
synthesis filterbank. Apparatus in ag:coc{dance with one of the preceding claims, in which the synthesis
filterbank is con |§‘lﬁ?%lc11% gorpgé%ﬁlr?ée% Z&ro an input into a lowest and into a highest filterbank channel of
the synthesis filterbank. Apparatus in accordance with one of the preceding claims, being configured
for performing asbfackebhagebehafiftorient dmspositiomgvivengint thalsysithebimdilter pdinklity @/Sub-sampled
filterbank. AppaigtidssiRasarianaeadth one of the preceding claims, further comprising a subband
processor for processing the plurality of second subbands, wherein the subband processor

comprises, in arbitrary orders, a decimator controlled 30 by a bandwidth %t_ nsion factor, and a

stretcher for a sUSEHR S RSh RS R SR RS E S B R SR SE B FS P85 Ak ting a
number of overlappiricpblbeiisrthacontbksiic 1ioian e xivacting aiaheshaniey afpnasessdjuster or
windower for adjustingiswehanchsampling yvojuesiscéachbbideksiasedon hanfindewsfurciion or a phase
corregtion; and g Qugklap-adder for performing an overlap-add-processing of 35windowed and phase
adjusted blocks using an overlap advance value greater than the extraction advance value. 41 15.
Apparatus in accordance with one of the preceding claims, further comprising a subband processor,

wherein tHé subBaRH e SeacurdasfotiEBone of B pPEE BRRRERsnT Brida ey Bisireabsifor different
transposition fadittesttmbobtain:Sattanspibersighdanhereireeachipdovessicgphrepolamconfigured for

extracting blocksafghbhand.sanpieswariadoantaprddingihensansnesaeigorisHo ahigin transpose
blocks; and 10an, aueriaRAAdRn AL YSY IPRIANAING e, cOURRGUIE NasRoRR RG UaIa a block

advance value being greater than a block advance value used for extractlnbg Iog%ks in the plurality of
different procesSIFGUTaAR chad BBl AP ATAEs (SRR A e BPERE SHstetifg claims, further

comprising: 15 the analysis filterbank, wherein the synthesis filterbank and the further analysis
filterbank ape configuracstaprREammacsamplesate donpeisiding aclims, stretdiiqbrdee sgmhésis processing

the sample rate ganwaried %&Eﬁ’éﬁ%ﬁdfor setting to zero an imput into a lowest and into a highest
20 filterbank channel of the synthesis filterbank.

13.  Apparatus in accordance with one of the preceding claims, being configured for
performing a block based harmonic transposition, wherein the synthesis filterbank is a
sub-sampled filterbank.

25
14.  Apparatus in accordance with one of the preceding claims, further comprising a

subband processor for processing the plurality of second subbands,

wherein the subband processor comprises, in arbitrary orders, a decimator controlled
30 by a bandwidth extension factor, and a stretcher for a subband signal, wherem the
stretcher comprises a block extractor for extracting a number of overlapping blocks in
accordance with an extracting advance value; a phase adjuster or windower for
adjusting subband sampling values in each block based on a window function or a
phase correction; and an overlap-adder for performing an overlap-add-processing of
35 windowed and phase adjusted blocks using an overlap advance value greater than the

extraction advance value,



20 a combiner for combining processed subband signals generated by the time stretch processor to
obtain a processed time domain signal. 17. Appaggtus in accordance with one of the preceding claims,
in which the number of 25channels of the further analysis filterbank is greater than the number of

channels of the synihesis filtathgikndS-NaPaiatys far eﬁ%e@cﬁﬁgwa&gpﬁhﬁi&iieﬁ%ﬁ@iﬂg%prising:

30an analysisfilte{) ank having a number. of alxgis filterbank channels, wherein the analysis

filterbank is configorad B fitarn g BTE TR a0 SRIRGT TS GItAR £ 5lurality of first subband signals:

and 35 42 a synthesis filterbank for synthesizing an audio intermediate signal using a group of first
subband signals; plheiié;stheé djftugcomprises brsmiadiefondiffbenofrsulpbsindrsieriats thabtdtne number of

filterbank channglgpiias.analysiwiilterbank, phiereinthadoteresaiaie audiossignanis sulsampled
representation of Sbbab%gwigig\ pQrtion of the Sinput audio signal. 19. Apparatus in accordance with
claim 18, in which the anafysng filterhank is critically sampled complex QMF filterbank, and 10in which
the synthesis filterbanlic is a critically sampled real-valued QMF filterbank. 20. Method of processing an
input audio signah adlepsinlging ihesisrise sizgalsing Hasy emepisdiledsardafor synthesizing an audio
intermediate 15 signal from the input audio signal, the input audio signal being represented by a

plurajjy of first S,&ip9@&%&@5@%@8&4&%@{@&5@%&&%agkspwéz;eﬁﬂa@ RyRker e filterbank
channels of the synthesis filterbank is sm&llert n mber o{ chan(?g;:ls of the.an%l%s s filterbank; and
é em,%g olgzia e usg c{és

20analysis filteriAg’ géﬁegf%is?ﬂtgr%?gn O‘Faélé"%éf?‘alﬁng a pl(ﬂfrgﬁ’ig?%tfné'econ stibband

ﬁ%?ﬁﬁ%‘é%
signals from the ttialBraerph dHfstansrstswirdheirclse further analysis filterbank has a number of
channels being different from the number of channels of the synthesis filterbank, so that a sampling

rate of a sypbang signalahtheplurlityof secendsyRband.signals is-gitferanpfram.a sampling rate of

a firsll'ssubband signal of 25the plurality of first subband signals. 21. Method for processing an input

audio signal, comprising: i . ) )
the analysis filterbank, wherein the synthesis filterbank and the further analysis

filterbank are configured to perform a sample raie conversion,

a time streich processor for processing the sample rate converted signal; and
20
a combiner for combining processed subband signals generated by the time stretch

processor to obtain a processed time domain signal.
17. = Apparatus in accordance with one of the preceding claims, in which the number of
23 channels of the further analysis filterbank is greater than the number of channels of the
synthesis filterbank.
18.  Apparatus for processing an input audio signal, comprising:
30 an analysis filterbank having a number of analysis filterbank channels, wherein the

analysis filterbank is configured for filtering the input audio signal to obtain a plurality
of first subband signals; and

35



analysis filtering using an analysis filterbank having a number of analysis filterbank 30channels,
wherein the analysis filterbank is configured for filigring the input audio signal to obtain a plurality of
first subband signals; and synthesis filtering using a synthesis filterbank for synthesizing an audio

intermediate S'QQaQyﬂg@Qsafﬁre tf&r%r%ﬁm B% Qﬁ‘lﬁ’ %‘?E%H“%gog%ﬁ& nag gl%@g aller

35number of subpan ero f| ank channe rbank,

gn Is the
wherein the intertie Fa@éa’é ai"?‘éf Falng SN ETRIR TR HARBRD A BRRMRGGE Brtion of the
input audio sign&kag2tiComipeer ﬁfo@ﬁm%wﬁ@@p\ﬁogfaﬂiﬁc@a@}f@ﬁ pekfahariiag WhbeHrdrning on a
computer, a methedhiedieroradn ceemiths clabraa2(p oY irpecandance W thhaligat? bortion of the

5 input audio signal.

19.  Apparatus in accordance with claim 18, in which the analysis filterbank is critically
sampled complex QMF filterbank, and

10 in which the synthesis filterbank is a critically sampled real-valued QMF filterbank.
20.  Method of processing an input audio signal, comprising:

synthesis filtering using a synthesis filterbank for synthesizing an audio intermediate

i3 signal from the input audio signal, the input audio signal being represented by a
plurality of first subband signals generated by an analysis filterbank, wherein a number
of filterbank channels of the synthesis filterbank is smaller than a number of channels
of the analysis filterbank; and

20 analysis filtering using a further analysis filterbank for generating a plurality of second
subband signals from the audio intermediate signal, wherein the further analysis
filterbank has a number of channels being different from the number of channels of the
synthesis filterbank, so that a sampling rate of a subband signal of the plurality of
second subband signais is different from a sampling rate of a first subband signal of

25 the plurality of first subband signals.

21.  Method for processing an mput audio signal, comprising:

analysis filtering using an analysis filterbank having a number of analysis filterbank
30 channels, wherein the analysis filterbank is configured for filtering the mput audio
signal to obtain a plurality of first subband signals; and

synthesis filtering using a synthesis filterbank for synthesizing an audio intermediate
signal using a group of first subband signals, where the group comprises a smaller

35 number of subband signals than the number of filterbank channels of the analysis
filterbank, wherein the intermediate audio



43

signal is sub-sampled representation of a bandwidth portion of the input audio signal.

22, Computer program having a program code for performing, when running on a
computer, a method in accordance with claim 20 or in accordance with claim 21.



